
 

Degree Project of Bachelor thesis 

Use of digital filters based on 

Labview and Matlab 
 
 

 

Author: Letian Cao 

              Yuankai Guan 

Supervisor:   Matz Lenells 

Examiner: Pieternella Cijvat 

Date: 2015-05-25 

Course code: 2ED14E 

Topic:  Use of digital filters based on 

Labview and Matlab 

Level:Bachelor Level 

 



[键入文字] 

 

I 
 

Summary 

In this thesis the design of several digital filters based on Matlab 

and Labview is described. The types of digital filters include IIR and 

FIR filters. The main method of our design is to use the functions in 

Matlab, like window function, Butterworth, Chebyshev, etc. The 

codes in Matlab are used as Matlab scripts in Labview to make these 

filters much easier to realize. We tested all the digital filters in this 

thesis and compared the effect of each digital filter. Software is used 

to create the noise which is in a very short frequency range. The 

program in Labview will create sound files of the origin sound (people 

speaking and noise) and the sound after filtering (only people 

speaking). This program will also create the figures of these two 

sounds and the FFT of the sound wave. Result analysis is done in the 

last section of the thesis, and we discuss the advantages of IIR and 

FIR filters. 
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Abstract 

Digital filters are the kind of filters whose input and output are 

both digital signals, and change the frequency content of the input 

signal. Digital filters do not require impedance matching and have 

many other advantages like higher accuracy and stability, smaller size, 

lighter weight, more flexible, etc. There are two ways to realize digital 

filtering: one way is to use software to design and program the filters 

on computers. Then, computers will work as the filters. The other way 

is to use the hardware designed for digital filtering. Matlab is an 

efficient and powerful tool to design digital filters. Labview is a good 

program to record sound signal and filter it with digital filters which is 

designed in Matlab. The Signal Processing Toolbox in Matlab is 

specifically applied to the field of signal processing. In this thesis, 

Matlab will be used to design both IIR and FIR filters and filter sound 

recorded with Labview. 
 

Keywords: Digital filters, Sound signal, Matlab, Labview, FIR filters, 

IIR filters 
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Preface 

In this thesis writing, we have met a lot of troubles. The first problem 

is how to connect Labview and Matlab together. The second trouble is 

how to transfer the data between Labview and Matlab. The third trouble is 

what kind of noise should we to choose to use in the experiments.  We 

read books, searched the Internet and asked the supervisor, and finally we 

conquered them. We want to thank our supervisor Matz Lenells. He is a 

really nice supervisor and he gives us a lot of advice during the thesis work. 
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1. Introduction 

In the field of signal processing, digital filter is the system that 

makes a mathematical change on the signal after the signal is sampled 

and turned to the discrete-time. Then it will reduce or eliminate some 

of that signals in a certain frequency range. Digital filters can be 

obtained by programing in software on computers. In this thesis, 

digital filters are programed in Matlab script and run in Labview to 

filter the noise in signal record through Labview program. 

1.1. Background 

Sound is an important kind of signal; it is one of the most ancient 

and also most efficient signals that peop1e use to transfer information. 

No matter in talking, ring alarming, or Machine maintenance, sound 

signal plays a key role in obtaining information. However, there are 

also sound signal with noises mixed that makes it difficult to gain the 

information that people need directly. So, a filter that can remove 

noises and output the recognizable sound signal is needed. 

Filter, as its name indicates, is a tool that widely used to filter 

noises in signals. There are many kinds of filters. In general, filters are 

divided into two categories: analog filters and digital filters. Analog 

filters which deal with analog signals are usually obtained by using 

components like capacitors, resistances and inductances. Analog 

filters are easy to design and obtain, but don‟t have good accuracy. 

Also, an analog filter is hard to change its characteristics because 

some of the components should be changed to achieve the changes. 

Digital filters, which deal with digital signals, have higher accuracy 

than analog filters. Digital filters are easy to be obtained by 

programming on computer as well as software. Matlab can be used to 

design a digital filter and change properties of it easily. 

1.2. Purpose and objectives 

In this thesis, a program is written on Labview to record and 

sample sound signals with noises and runs the filters written in Matlab 

script, then outputs the sound signal after filtering. The first part is to 

record the sound signal, and it will be sampled in the sampling rate of 

22050 Hz, saved as a .wav file, the waveform and FFT spectrum. 

These files are obtained in order to compare the signal after filtering 

with the original one. The second part is to design the filter and filter 

http://en.wikipedia.org/wiki/Signal_processing
http://en.wikipedia.org/wiki/Signal_(electrical_engineering)
http://en.wikipedia.org/wiki/Discrete-time
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the signal in the Matlab script. In this part output signals are also 

saved as .wav file and waveform and FFT spectrum. The last part is to 

compare the spectrums of input and output signals. We can find out 

that the amplitude of the noise‟s frequency will decrease. Run the 

output .wav file. The sound of noise is removed. 

1.3. Limitations 

Filters can only filter the signal in a certain frequency range, so this 

thesis focuses on noises that have different frequency range from the 

interested sound signal. If the noises have a frequency range mixed 

with frequency range of the interested sound signal, some part of the 

noises will not be able to be removed. This problem is not concerned 

in this thesis. By the way, because of the function filtfilt, the filters we 

designed in this program are not for the real time. Moreover, we 

design a bandpass filter at these two frequencies (200 Hz and 2000 Hz) 

because the human voice is in this frequency range. We don‟t want to 

design a filter which takes away the noise in our special case, the filter 

should take away all signals outside the range [200, 2000] Hz. It 

means to cancel the noise which is outside the human's voice 

frequency range. 
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2. Theory 

2.1. The digital filter 

    A digital Filter is a discrete-time system, and it can do a series of 

mathematic processing to the input signals, then, obtain the interested 

signal through its output. A system function of a linear, time-invariant 

digital filter can be written as: 

 ( )  
∑    

   
   

  ∑       
   

 
 ( )

 ( )
 

   , where    and    are coefficients of the filter in Z-transform. Also 

the linear differential equations with constant coefficients can be 

obtained as: 

 ( )  ∑    (   )  ∑    (   )

 

   

 

   

 

    There are many kinds of digital filters, as well as many ways to 

classify them. There are two ways to obtain a digital filter: the first 

way is to program and run the digital filter on computers, and this way 

is cheaper but slower. The second way is to use specialized digital 

hardware to make a digital filter, and it is more efficient but also 

expensive. 

    According to their frequency response, digital filters can be 

classified as lowpass filters, highpass filters, bandpass filters and 

bandstop filters. 

    To classify digital filters according to its impulse response, digital 

filters can be divided into two types: Finite Impulse Response (FIR) 

filters and Infinite Impulse Response (IIR) filters. 

    According to the formula above, when all    is 0, the digital filter 

becomes a FIR filter, and it is always a stable system with linear phase 

since it has no pole. The other type, known as IIR filter, has higher 

precision of amplitude frequency characteristic. However, IIR filters 

have nonlinear phase because of its recursive structure and feedback 

loop. 
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2.2. FIR filter 

The finite impulse response filter (FIR) is a stable system, 

because its unit impulse response is finite. It also has a strict linear 

phase frequency characteristics. 

In the transfer function, FIR filter means all the    will equal to 

zero. Then, the denominator is equal to one. There will not be any 

feedback loop. For a causal discrete-time, each sequence of the output 

signal is a weighted sum of input values: 

 ( )  ∑  ( )   

   

   

 

N is the filter order; an Nth-order filter has N-1 zeros on the 

right-hand side. 
 

2.3. IIR filter 

    Infinite Impulse Response (IIR) filters have three properties: 

(1) The unit impulse response  ( ) of the system is an infinite long 

sequence. 

(2) System function has poles on z-plane        . 

(3) Has a feedback loop, which means it is a recursive structure. 

    Under these conditions, output of the IIR filter has a feedback to the 

input, so it can meet the requirements better than FIR. That is the 

reason why it needs less order. 

 

http://en.wikipedia.org/wiki/Denominator
http://en.wikipedia.org/wiki/1_(number)
http://en.wikipedia.org/wiki/Causal_filter
http://en.wikipedia.org/wiki/Discrete-time
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3. Method 

3.1. Equipment 

one computer(with the filter program) 

noise: buzzer 

sound: people speech 

3.2. Experiment 

In the experiment, there will be a speech as sound signal and a 

buzzer as noise signal. The sound signal will be in a certain frequency 

range. The noise signal will be in another frequency range.  

At first, use one computer to play the speech. And at the same 

time, use the buzzer to create the noise. 

Second, run the program in the Labview and record both sound 

and noise. 

At last, play the sound which is processed by the filter. Make 

comparison between the figures of the sound signals before and after 

the filter. 

Many kinds of filter will be tested. Every filter has its own 

transfer functions. 

Experiment set up when bandpass filter is used: the frequency of 

the noise is 2800 Hz. The passband is 200 Hz to 2000 Hz. 

Experiment set up when bandstop filter is used: the frequency of 

the noise is 800 Hz. The stopband is 650 Hz to 950 Hz. Because we 

want to improve the effect of some filters, their stopband will be 

adjusted like 500 Hz to 1100 Hz. 
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3.3. The figure of the experiment progress: 

 

Figure 3.3 The figure of the experiment 

Sound 

signal 
Noise 

Labview 

Program 

recording(10s) 

Matlab 

prosessing 

Labview Program 

playing the sound 

after filering 

End 
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4. Matlab and Labview 

4.1. Matlab 

Matlab mainly focuses on the scientific computing, visualization 

and interactive program designed high-tech computing environment. It 

creates a way for the computers to make numerical analysis, calculate 

the matrix, make the scientific data visualization, model and simulate 

the nonlinear dynamic system. It is also very suitable for students to 

use it. The functions of the Matlab are very easy to find.  

Matlab has a lot of instructions in the main window, like how to 

solve the equations and which function to use. One can turn to the 

help manual to read about the functions you are not familiar with. In 

the manual, it will explain the definition of this function and teach 

readers how to use the function. There are also some examples of that 

function. 

In Matlab, there are two main ways to solve the problems. The 

first one is the “script”. Create a script file, all the codes can be written 

in it (input the parameters, matrixes, the functions, the equation and 

output the parameters, matrixes, figures). The script can be saved as 

an .m file. The second way is to use the “Simulink”. This one is more 

suitable for the system‟s simulation. The main idea of it is to create a 

block diagram. There are many blocks to choose. Moreover, one can 

combine both two methods. Opening these two files, one can make 

simulations by clicking on the button “RUN”. 
 

4.2. Labview 

Labview is a program development environment developed by the 

National Instruments (NI) Company, it is similar to development 

language like C and BASIC, but Labview is different from other 

computer languages: other computer languages generate codes based 

on text, while Labview uses a graphical editor language, known as G 

programming; the program is produced in block diagram form. 

Labview is the core of NI design platform and is also ideal for the 

development of the measurement or control system. Labview 

development environment integrates many the tools that engineers and 

scientists needed to build a variety of applications. Labview is 
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designed to help engineers and scientists to solve problems, improve 

productivity and innovation. 

Labview provides a lot of traditional instruments (such as 

oscilloscopes, multimeters) that are similar to real instruments. 

Labview user interface is known as the front panel. By using icons 

and wires, it can be programmed to control the front panel objects. 

This is the graphical source code, also known as G code. Labview 

graphical source code in a way similar to the flow chart, it is also 

known as the block diagram code. 

    Labview has many advantages, especially in some special field. 

    Test and Measurement: Most of the major test equipment, data 

acquisition devices have a dedicated driver for Labview; Labview can 

be very easy to use to control these hardware devices. Also, users can 

easily find a variety of tool kit applicable to test and measurement in 

Labview. 

    Control: control and testing are highly related fields. Labview has a 

module dedicated to the control field ---- LabVIEWDSC. In addition, 

equipment, data lines commonly used in industrial control usually 

come with the Labview driver.  

    Simulation: LabVIEW contains a wide variety of math functions, 

especially suitable for simulation, emulation and prototyping work. 

Before designing the mechanical and electrical equipment, one can 

use LabVIEW to build a simulation of a prototype on a computer to 

verify if the design is reasonable, and find potential problems. In the 

field of higher education, students can achieve the same results using 

Labview software simulation, so that students will not lose the 

opportunity to practice. 
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5. Program design 

5.1. Design of sound record program  

    In This thesis, Labview is used to record the sound signals and run 

the Matlab script that written in Matlab. 

    The whole program is divided into three parts. 

    The first part is designed for sound recording. The core is a sound 

collect block. Sample rate is set to 22050 Hz, the resolution is 16 and 

the number of channel is 1; the record time is flexible that can be 

changed in the front panel. When the Sound is collected, a spectral 

measurement and two waveform blocks are used to show the spectrum 

and wave of input signal. Also, the data of signal is transformed into 

one-dimensional scalar array and single wave and saved as a .wav file. 

 

Figure 5.1 The first part of the program 

The second part is a Matlab script work as digital filters. A 

condition structure and a drop-down list are used to write, save and 

change different types of digital filters easily. Sample rate is always 

the same as the record sample rate, „sigin‟ is the input port with one-
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dimensional scalar array, and „sigout‟ is the output port also with one-

dimensional scalar array. Other common parameters, like order of 

filters, „fl‟ (the lower frequency of a bandpass filter), ‟fh‟ (the higher 

frequency of a bandpass filter) also can be changed in the front panel. 

 

Figure 5.2 The second part of the program 

The third part is used to show the result of the sound signal after 

filtering. Because the output of Matlab script is an array, which need 

t0 and dt to form a „wave‟ in Labview, the output signal from Matlab 

script will be rebuilt with t0 and dt to make it recognizable as a „wave‟ 

by Labview. Then the wave diagram and spectrum of the output signal 
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will be shown on the front panel.

 

Figure 5.3 The third part of the program 

 

5.2. Matlab design for FIR 

 

To design a filter, there are many ways to choose, like highpass, 

lowpass and bandpass filter. Here we choose the bandpass filter. It is 

essential to specify the passband, stopband, and transition band when 

we design a filter. In passband, the frequencies will be kept in the 

filter. In stopband, the frequencies will attenuate in the filter. 

Transition band contains the frequencies between the passband and 

stopband. The transition band exists because the filter cannot be ideal. 

To design an FIR filter, defining ‟b‟ coefficients of H (transfer 

function) is very important. ‟b‟ is the numerator terms. In the transfer 

function, ‟b‟ is depended on the type of the filter: 

For lowpass filter       ( )  
           (  
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 (  
 

 
)

 

For highpass filter      ( )  
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For bandpass filter       ( )  
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For bandstop filter       ( )  
           (  
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 (  
 

 
)

 
      (  
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 (  
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           (  
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 (  
 

 
)

 

In order to find b(k), defining the N is the first step. N is the 

number of points. It must be even and it would better be power of 2. 

Defining the L is the second step. It is the length of filter coefficients. 

Defining the fs is the third step. It is the sample rate. Defining the fl 

and fh is the fourth step. They are the limitation of the passband. 

Figure 5.4 The transition band and ripples 

In Figure 5.4, the red part is the transition band. There are some 

small ripples in the passband and stopband. 

In this thesis, six functions will be used to design both bandpass 

filter and bandstop filter.  

There are many ways to design an FIR filter. In this thesis, we 

will show how to design the FIR filters with the functions “fir1”, 

“hanning window”, “kaiserord”, “fircls1”, “firpm” and “firls”. FIR 
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filters always come with a linear phase. Using the command Y = 

FILTFILT(B, X)is a kind of choice. 

X is the data in vector as the input of the filter. 

Y is the filtered data. 

B is a vector containing numerator of transfer function 

coefficients in descending power of Z. 

5.2.1. Window Function method 
Use the function FIR1 and Hanning window function. 

Fir1 is a Window-based FIR filter design function.  

b = fir1(n,Wn,ftype) can design all types of filter, like lowpass, 

highpass, bandpass, bandstop, or multiband filters. The type of the 

filter totally depends on the value of “ftype” and the length of the 

vector “Wn”. This command will return the filter coefficients in 

length N+1 vector B. Wn is the cutoff frequency. The cut-off 

frequency Wn must be between 0 < Wn < 1.0, with 1.0 corresponding 

to half the sample rate. If the value of the Wn is just a number, the 

ftype should be „high‟ or „low‟.  If the value of the Wn is a two-

element vector, the ftype should be „bandpass‟ or „bandstop‟. If Wn is 

a multi-element vector, like Wn = [W1 W2 W3 W4 W5 ... WN], FIR1 

returns an order N multiband filter. 

B is the coefficients of the filter. It will return a row vector of 

length n + 1. The coefficients are sorted in descending powers of the 

Z-transform variable z: 

B(z) = b(1) + b(2)z + … + b(n+1)z–n. 

One of the digital filters designed in this way is a 6th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.   

http://se.mathworks.com/help/signal/ref/fir1.html#outputarg_b
http://se.mathworks.com/help/signal/ref/fir1.html#inputarg_n
http://se.mathworks.com/help/signal/ref/fir1.html#inputarg_Wn
http://se.mathworks.com/help/signal/ref/fir1.html#inputarg_ftype
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Figure 5.5 The frequency response of highpass filter. 

B = FIR1(N,Wn,WIN) designs an N-th order FIR filter using the 

N+1 length vector WIN to window the impulse response.  

 ( )      (      (
   

   
)) 

One of the digital filters designed in this way is a 50th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  

 Figure 5.6 The frequency response of highpass filter 

Comparing figure 5.5 and figure 5.6, Hanning function will let 

the ripples become smaller.  

Use the function FIR1 with KAISERORD. 

[N,Wn,BTA,FILTYPE] = KAISERORD(F,A,DEV,Fs). The filter 

order of it is N, the frequency band edges is Wn, Kaiser window beta 
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parameter BTA and filter type FILTYPE is totally based on the FIR1 

command: 

 B = FIR1(N, Wn, FILTYPE, kaiser( N+1,BTA ), 'noscale' ) 

F is a vector which describes the band edge frequencies in Hz, 

the elements in this vector are between 0 and half the sampling 

frequency Fs.  A is a vector which decides the amplitude on the bands. 

The elements in it must be 0s and 1s. 

DEV is a vector of some number under 1. It means the maximum 

deviations or ripples in each band. The smallest deviation specified is 

used for both the passband and the stopband.  

 ( )  
  (  √  (

  
     ) )

  (  )
 

One of the digital filters designed in this way is a 50th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz. 



 

 

16 
 

 Figure 5.7 The frequency response of highpass filter 

In Figure 5.7, we can see that when the filter works as a highpass 

filter, it‟s magnitude in the stop band is smaller than -50. This filter is 

more effective in canceling the noise. 

 

5.2.2. Use the FIRCLS1 

FIRCLS1 can only create a Low & high pass FIR filter which is 

designed by constrained least-squares.  

B = FIRCLS1(N,WO,DEVP,DEVS) is a linear-phase lowpass 

FIR filter of length N+1. Inside this filter, the cut-off frequency Wo 

and maximum band deviations or ripples DEVP and DEVS. Wo is the 

cutoff frequency in the range of 0 to 1 (where 1 corresponds to the 

Nyquist frequency). DEVP is the maximum passband ripple which is 

defined as passband deviation from 1, and DEVS is the maximum 

stopband ripple which is defined as stopband deviation from 0. 

Another command is B = FIRCLS1(N,WO,DEVP,DEVS,WP,WS,K) 
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weights the square error in the passband K times greater than that in 

the stopband. 

One of the digital filters designed in this way is a 50th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  

 Figure 5.8 The frequency response of highpass filter 

In Figure 5.8, we can see that when the filter works as a highpass 

filter, it has larger ripples. This can be set by the DEVS in the 

command B = FIRCLS1(N,WO,DEVP,DEVS). 

 

5.2.3. Use the FIRPM 

Firpm designs a linear-phase FIR filter using the Parks-

McClellan algorithm
[1]

. The Parks-McClellan algorithm uses 

the Remez exchange algorithm and Chebyshev approximation theory 

to design this kind of filters. It is the best method with only a small 

difference between the desired and actual frequency responses. Filters 

http://se.mathworks.com/help/signal/ref/firpm.html#bqih7pt-1
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designed this way show an equal-ripple behavior in their frequency 

response (equal-ripple filters).  

One of the digital filters designed in this way is a 50th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  

 Figure 5.9 The frequency response of highpass filter 

In Figure 5.9, we can see that when the filter works as a highpass 

filter, it has smaller ripples and a nice phase. 

 

5.2.4. Use the FIRLS 

FIRLS means Linear-phase FIR filter. It is designed by using 

least-squares error minimization. B=FIRLS(N,F,A) returns a length 

N+1 linear phase (real, symmetric coefficients) FIR filter which has 

the best approximation to the desired frequency response described by 

F and A in the least squares sense. 

Here are some examples: 
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% Example of a length 31 lowpass filter. 

    h=firls(30,[0 .1 .2 .5]*2,[1 1 0 0]); 

    fvtool(h); 

  

 % Example of a length 45 lowpass differentiator. 

    h=firls(44,[0 .3 .4 1],[0 .2 0 0],'differentiator'); 

    fvtool(h);  

 % Example of a length 26 type 4 highpass filter. 

    h=firls(25,[0 .4 .5 1],[0 0 1 1],'h'); 

    fvtool(h); 

One of the digital filters designed in this way is a 50th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  
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Figure 5.10 The frequency response of highpass filter 

In Figure 5.10, we can see that when the filter works as a 

highpass filter, it needs a larger transition band than the other filters. 

Its phase is also more linear than the other filters. 

 

5.3. Design of IIR Filters 

There are many ways to design an IIR filter. In this thesis we 

used Butterworth, Chebyshev I, Chebyshev II, Bilinear 

Transformation method and Impulse Invariance method to design IIR 

filters.  

IIR filters always come with a nonlinear phase, so the function 

filtfilt is used to remove the effects of phase. Command Y = 

FILTFILT(B, A, X)is a zero-phase forward and reverse digital IIR 

filtering.  
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X is the data in vector as the input of the filter. 

Y is the filtered data. 

B is a vector containing numerator of transfer function 

coefficients in descending power of Z. 

A is a vector containing denominator of transfer function 

coefficients in descending power of Z. 

5.3.1. Impulse Invariance method 

Impulse Invariance method is to make the sampling of unit 

response from digital filter and impulse response sampling values 

from the referenced analog filter are exactly the same, that is, 

 ( )    ( )        (  ) 

T is sampling period. 

In Matlab, [Z, P, K] = BUTTAP(N)  is firstly used to obtain  

zeros, poles and gain of a N-th order normalized prototype 

Butterworth analog lowpass filter.  

Z is a vector of zeros, 

P is a vector of poles,  

K is the gain of lowpass filter, 

N is the order of the lowpass filter. 

The lowpass filter designed has N poles around the unit circle in 

the left half plane, and no zeros. 

Secondly, use command: [NUM, DEN] = ZP2TF(Z,P,K), to get 

transfer function of  the lowpass filter.  

NUM is a vector of numerator of transfer function. 

DEN is a vector of denominator of transfer function. 
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To make other type of filters, for example, a highpass filter, use 

command: [NUMT, DENT] = LP2LP(NUM, DEN, Wo) to transfer 

the prototype of lowpass filter into a highpass filter. 

Finally,  use command: [BZ, AZ] = IMPINVAR(B, A, Fs) to 

create  a digital filter with numerator and denominator coefficients BZ 

and AZ corresponding to the impulse response of the analog filter 

with coefficients B and A sampled at a frequency of Fs Hertz.  The B 

and A coefficients will be scaled by 1/Fs. When designing a bandstop 

or highpass filter, the frequency response of analog filter out of Fs/2 

will be pass band, it goes against the sampling theorem. So the 

impulse invariance method cannot be used to design a bandstop or a 

highpass digital filter. 

One of the digital filters designed in this way is a 6th order 

lowpass filter with a cut off frequency 200 Hz and sampling frequency 

1000 Hz.  

Figure 5.11 The frequency response of lowpass filter 

Figure 5.11 shows that the filter works as a lowpass filter with a 

very small range around the cut off frequency of 150 Hz, and this 

filter, like other IIR filters, has spectral aliasing. 
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5.3.2 Bilinear Transformation method 

Bilinear transformation is an algebraic transformation between 

the variables s and z that maps the entire jΩ-axis in the s-plane to one 

revolution of the unit circle in the z-plane. 
[2]

 One can use Bilinear 

transformation method to design a digital filter has similar frequency 

response with that of an analog filter. In the s-plane, points can be 

written as s = σ + jΩ. Then s can be projected into the z-plane by the 

transformation          (    ) , where            . So we 

have a bijection -∞<Ω<∞ onto –π<ω<π. The bilinear transformation 

avoids the problem of aliasing encountered with the use of impulse 

invariance, because it maps the entire imaginary axis of the s-plane 

onto the unit circle in the z-plane. 
[2]

 

To design a digital filter in Matlab in Bilinear Transformation 

method, functions like BUTTAP, ZP2TF and LP2HP are used in the 

same way as Impulse Invariance method. Command [NUMd, DENd] 

= BILINEAR(NUM,DEN,Fs) is used  to gain a digital filter in bilinear 

transformation method. 

NUM is a row vector containing numerator of transfer function 

coefficients in descending power of S. 

DEN is a row vector containing denominator of transfer function 

coefficients in descending power of S. 

NUMd is a row vector containing numerator of transfer function 

coefficients in descending power of Z. 

DENd is a row vector containing denominator of transfer 

function coefficients in descending power of Z. 

Fs is the sampling frequency. 

One of the digital filter designed in this way is a 6th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  
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Figure 5.12 The frequency response of highpass filter 

Figure 5.12 shows that the filter has a good phase characteristic, 

which is also a Butterworth digital filter. 

5.3.3 Butterworth filter 

To create a Butterworth digital filter in Matlab, one can use 

commands: 

[B,A] = BUTTER(N,Wn,'high') to design a highpass filter. 

[B,A] = BUTTER(N,Wn,'low')  to design a lowpass filter. 

[B,A] = BUTTER(N,Wn,'stop')  to design a bandstop filter if Wn 

= [W1 W2] 

N is the order of the filter. 

Wn is cut off frequency, which must be 0.0 < Wn < 1.0, Wn=1 

when the cut off frequency is half of the sampling frequency. 
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B is a length N+1 vector containing numerator of transfer 

function coefficients in descending power of Z. 

A is a length N+1 vector containing denominator of transfer 

function coefficients in descending power of Z. 

One of the digital filters designed in this way is a 6th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz.  

 
Figure 5.13 The frequency response of highpass filter 

Figure 5.13 shows that the curve of magnitude is very flat in pass 

band, and gradually decrease to 0 in stop band.  

5.3.4. Chebyshev filter 

Chebyshev filters has ripple in pass band or stop band. 

Chebyshev filters decrease faster than Butterworth filters in stop band, 

but less flat than Butterworth filter. ChebyshevI filter has ripple in its 

pass band. 
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One can create a ChebyshevI filter with following commands: 

[B,A] = CHEBY1(N, R, Wp, 'high') to design a highpass filter.  

[B,A] = CHEBY1(N, R, Wp, 'low') to design a lowpass filter.  

[B,A] = CHEBY1(N, R, Wp, 'stop')to design a bandstop filter if 

Wp = [W1 W2]. 

N is the order of the filter. 

R decibels peak-to-peak ripple in the passband. 

Wp is cut off frequency, which must be 0.0 < Wp < 1.0, Wp=1 

when the cut off frequency is half of the sampling frequency. 

B is a length N+1 vector containing numerator of transfer 

function coefficients in descending power of Z. 

A is a length N+1 vector containing denominator of transfer 

function coefficients in descending power of Z. 

Also, one can use [B, A] = CHEBY1(N, R, Wp), where  Wp = 

[W1 W2] to create a 2N order bandpass filter. 

One of the digital filter designed in this way is a 6th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz, R=10.  
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Figure 5.14 The frequency response of highpass filter 

Figure 5.14 shows that the decay in stop band is faster than 

Butterworth filter above, it has obvious ripple in pass band and also 

has spectral aliasing. 

ChebyshevII filter has ripple in its pass band. 

One can create a ChebyshevII filter with following commands: 

 [B,A] = CHEBY2(N, R, Wp, 'high') to design a highpass filter.  

[B,A] = CHEBY2(N, R, Wp, 'low') to design a lowpass filter.  

[B,A] = CHEBY2(N, R, Wp, 'stop')to design a bandstop filter if 

Wp = [W1 W2]. 

N is the order of the filter. 

R decibels peak-to-peak ripple in the stopband. 
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Wp is cut off frequency, which must be 0.0 < Wp < 1.0, Wp=1 

when the cut off frequency is half of the sampling frequency. 

B is a length N+1 vector containing numerator of transfer 

function coefficients in descending power of Z. 

A is a length N+1 vector containing denominator of transfer 

function coefficients in descending power of Z. 

Also, one can use [B, A] = CHEBY2(N, R, Wp), where  Wp = 

[W1 W2] to create a 2N order bandpass filter. 

One of the digital filters designed in this way is a 6th order 

highpass filter with a cut off frequency 150 Hz and sampling 

frequency 1000 Hz, R=20. 

 
Figure 5.15 The frequency response of highpass filter 

Figure 5.15 shows the pass band is flat, there is clear ripple in 

stop band, and has small phase shift in pass band. 
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6. Results and analysis 

Filter design is a creating process of filters‟ parameters to meet 

the requirements of the specified filtering. The realization of the filters 

includes calculating the filters‟ parameters and selecting the filters‟ 

structures. Only after completing the design and implementation of 

filters, the data and signal will be processed. 

The goal of filter designing is to change the frequency 

component data sequence. Strict design specifications need to specify 

the number of passband ripple, stopband attenuation and transition 

zone width. Specific requirements are different, and the filter design is 

different. 

6.1. IIR result analysis 

Table 1. The result of the IIR bandpass filter(with the noise at 2800 Hz ) 

Method Filter 

Order 

Cutoff 

Frequency 

(low) 

Cutoff 

Frequency 

(high) 

FFT 

Butterworth 10 200 2000 

See the 

figures in 

the 

Appendices 

ChebyshevI  6 200 2000 

ChebyshevII  4 200 2000 

Impulse 

Invariance  

8 200 1800 

Bilinear 

Transformation 

mathod  

8 200 2000 

Table 2. The result of the IIR bandpass filter(with the noise at 2800 Hz ) 

Method Filter 

Order 

Cutoff 

Frequency 

(low) 

Cutoff 

Frequency 

(high) 

FFT 

Butterworth 6 650 950 
See the 
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ChebyshevI  6 650 950 
figures in 

the 

Appendices 
ChebyshevII  2 750 950 

Bilinear 

Transformation 

mathod  

6 650 950 

By comparing the sound wave and the fft: 

1. IIR filter direct design: Design an IIR filter with a prototype of 

filter with some features. 

i. Butterworth: Need a rather high filter order among the IIR. 

ii. ChebyshevI, II: Need a very low filter order, comparing the 

other IIR filter 

2. Impulse Invariance: Because of the limitation of this method, 

bandpass filter is designed in the way with center frequency (1000 Hz) 

and bandwidth (800 Hz), and it works well.  

3. Bilinear Transformation method: Using a Butterworth 

prototype analog filter, it works the same as the Butterworth digital 

filter. 

Here we exemplify an IIR filter which is designed based on the 

Butterworth bandpass filter. The filter order is 10. 



 

 

31 
 

Figure 6.1.1 The frequency response of Butterworth bandpass filter 

These are the frequency spectrums of origin signal and signal 

after filtering with the Butterworth bandpass filter. We can see on the 

figure that the amplitude of the noise is higher than the amplitude of 

the sound. The noise can be heard clearly.  After filtering, the noise 

signal still can be seen on the diagram, but the amplitude is much 

smaller than the sound. This means the noise can barely be heard. 

6.2. FIR result analysis 
 

Table 3. The result of the FIR bandpass filter(with the noise at 2800 Hz ) 

Method Filter 

Order 

Cutoff 

Frequency 

(low) 

Cutoff 

Frequency 

(high) 

FFT 

FIR with 

fir1 

60 200 2000 

See the 

figures in 

the 

Appendices 

FIR with 

hanning 

function 

60 200 2000 

FIR with 

kaiserord 

60 200 2000 

FIR with 

fircls1 

60 200 2000 

FIR with 

firpm 

60 200 2000 

FIR with 

firls 

80 200 2000 

Table 4. The result of the FIR bandstop filter(with the noise at 800 Hz ) 

Method Filter 

Order 

Cutoff 

Frequency 

(low) 

Cutoff 

Frequency 

(high) 

FFT 
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FIR with 

fir1 

90 500 1100 

See the 

figures in 

the 

Appendices 

FIR with 

hanning 

function 

  90 500 1100 

FIR with 

kaiserord 

60 500 1100 

FIR with 

fircls1 

80 500 1100 

FIR with 

firpm 

60 700 900 

FIR with 

firls 

80 600 950 

By comparing the sound wave and the fft: 

1. Window function with fir1 

i. Fir1: Fir1 is a standard window function. It is a toolbox 

function, which uses the window function to design linear phase 

FIRDF. It needs a higher order in bandstop filter and a longer band. 

Otherwise, the filter won‟t work well. 

ii. Hanning window: Hanning window can make the  main 

ripples and lower side ripples significantly reduced, from the 

viewpoint of reducing the leakage. It needs a higher order in bandstop 

filter. 

iii. Kaiserord: Kaiserord is a better way to calculate the 

parameters of the filter. It doesn‟t need a very high order, but it needs 

a longer band in bandstop filter. The effect of this kind of filter is 

better than the other window function methods. 

2. Chebyshev approximation 
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Firpm: Firpm is the best consistent approximation design. It 

doesn‟t have a very high order. And it also did very well in the 

bandstop filter. 

3. Constrained least squares method 

i.Firls: Firls is a linear phase filter. Its phase is very nice, but it 

needs the highest order among the filters tests. 

ii. Fircls: Fircls is Multi-band linear phase filter. Although it has 

a very nice phase, it needs a higher order in bandstop. 

Here we exemplify an FIR filter which is designed based on the 

Kaiserord bandpass filter. The filter order is 60. 

Figure 6.2.1 The frequency response of Kaiserord bandpass filter 

This is the frequency spectrum of origin signal and signal after 

Kaiserord bandpass filter filtering. The figure shows that the 

amplitude of the noise is higher than the sound we want. The noise 

can be heard clearly. The noise signal is disappeared in the diagram. 

So the sound after filtering will be heard without the noise (the 

amplitude of noise is too small to be heard by the human‟s ears). 
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7. Discussion and conclusion 

IIR and FIR filters cause a time delay to the output signal. In the 

real life, the time delay is too small to hear by the human ears.  

Figure 7.1.1 Frequency spectrum of Butterworth bandpass filter 

Here we give an example of an IIR filter. This is a Butterworth 

bandpass filter. As is shown in the figure above, the derivative  
   

  
  is 

nearly constant in the passband. 

Therefore, the phase in the passband is an affine function which 

can be written as: 

 ( )      (   )        

In FIR filters, the phase is linear, so there will only be   . In IIR 

filters, there will be    and   .Then, k is the slope and    is the 

delay in time. k is about -500.    is about -200 degrees. These 
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parameters seem to be very large. Actually, because the sampling 

frequency is about 10 times larger than the frequency of the input 

signal, the real impact on the output signal is much smaller. Although 

the delay is still a little bit higher than we thought, we still can‟t hear 

any distortion in the sound signal results. It is difficult to know how a 

human being reacts to such time delays. There is no time to study this 

interesting question in this thesis but it would be an interesting study 

to make another time.  

If we assume the corresponding time delays are     and      , the 

time delay will be         . Then, we define         and 

assume 
  

  
 is small. Extend the equations of the phase after filtering in 

discrete-time, and they will be like: 

 ( )        

 ( )   (   )     | (   )|  (       (   )) 

    (   )         ( ) 

, where the   
 

  
  . If the curve of the phase in passband is 

almost a straight line,  ( ) is assumed to be small.  

The           will be equal to
 

  
(  (  )        

(  )   (  )), where R2(∆ω) are functions which are bound in a 

neighborhood of the origin. Normally the term ρ(Ω) should be very 

small if 
  

  
 is small. In such a case the difference for the time delays 

           should be negligible. But in our case, there is a large 

difference between 200 Hz and 2000 Hz. Therefore, the time delay 

can‟t be ignored. On the one hand, if the noises are all over the 2000 

Hz, the lowpass filter will be a better choice. On the other hand, if 

there is a low frequency noise, one could use a bandstop filter. In 

appendix 2.2 and 4.2, we show some design methods for bandstop 

filters. 

7.1. IIR conclusion 

Compared with the FIR filter, the main advantage of the IIR filter 

is that it needs a smaller order than the FIR filter to meet the specified 
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requirements. Although IIR filters have nonlinear phase, Matlab 

software data processing is discrete, so that all of the data is used for 

filtering. This allows zero-phase filtering methods to exist. If the 

filtfilt functions are used, the non-linear phase IIR filter offset will be 

eliminated. 

A normal function, 'Y=filter(b,a,X) 'is also used in both IIR and 

FIR filters, and the output sound signals are as clear as that of 'filtfilt' 

because sound signals are not sensitive to the nonlinear phase. 

Considering the more demand of computing and saving resources of 

FIR filters, IIR filters have more advantages in sound filtering.  

7.2. FIR conclusion 

A FIR filter has the following major advantages: 

1) Accurate linear phase, 

2) Always stable, 

3) Design method is linear, 

4) Can be effectively implemented in hardware, 

5) Filtering initial transition phase has a finite duration, 

Its main drawback, on one hand, is that it requires a much higher 

order than IIR to achieve a given response. On the other hand, its 

delay time is larger than that for an IIR filter. 

As mentioned in the 1.3. limitation(in the Introduction), we 

mainly use the buzzer as noise. If the noise is music which has a very 

long frequency range, it will be impossible to eliminate. 
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APPENDIX 1  

The FFT of the IIR filter (bandpass and bandstop) 

1. Butterworth 
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2.ChebyshevI  
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3.ChebyshevII 
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4.Impulse Invariance 
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5.Bilinear Transformation method 
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APPENDIX 2  

Code for the IIR design in the matlab 

2.1.IIR bandpass filter 

1.Butterworth 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

[b,a]=butter(n,fl/(fs/2),'high'); %Create a Butterworth highpass filter.  

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

    end 

    [b,a]=butter(n,fh/(fs/2),'low');%Create a Butterworth lowpass filter.  

    for i=1:size(sigout,1) 

        sigout(i,:) = filtfilt(b,a,sigout(i,:)); 

end 

 

2.ChebyshevI  

%sigin: The signal to be filtered. 
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%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%R: Decibels peak-to-peak ripple in the passband. 

%sigout: The signal after filtering.  

R=10 

[b,a]=cheby1(n,R,fl/(fs/2),'high');%Create a ChebyshevI highpass 

filter.  

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

    end 

    [b,a]=cheby1(n,1,fh/(fs/2),'low');%Create a ChebyshevI lowpass 

filter. 

    for i=1:size(sigout,1) 

        sigout(i,:) = filtfilt(b,a,sigout(i,:)); 

end 

 

3.ChebyshevII  

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higherer cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 
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%n: The order of digital filter. 

%R: Decibels peak-to-peak ripple in stopband. 

%sigout: The signal after filtering.  

R=20 

 [b,a]=cheby2(n,R,fl/(fs/2),'high');%Create a ChebyshevII highpass 

filter.  

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

    end 

    [b,a]=cheby2(n,20,fh/(fs/2),'low');%Create a ChebyshevII highpass 

filter.  

    for i=1:size(sigout,1) 

        sigout(i,:) = filtfilt(b,a,sigout(i,:)); 

end 

 

1. Impulse Invariance  

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

[z,p,k]=buttap(n); %Create a Butterworth analog filter. 
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[b,a]=zp2tf(z,p,k);%zeros and poles to transfer function. 

[bt,at]=lp2bp(b,a,1000*2*pi, 800*2*pi);%lowpass filter to bandpass 

filter. 

[bz,az]=impinvar(bt,at,fs); % Impulse Invariance 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(bz,az,sigin(i,:)); 

    end 

 

2. Bilinear Transformation method 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

[z,p,k]=buttap(n); %Create a Butterworth analog filter. 

[b,a]=zp2tf(z,p,k);%zeros and poles to transfer function. 

[bt,at]=lp2hp(b,a,fl*2*pi);%lowpass filter to highpass filter. 

 [bz,az]=bilinear(bt,at,fs);%Bilinear transform. 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(bz,az,sigin(i,:)); 



 

 

48 
 

    end 

[bt,at]=lp2lp(b,a,fh*2*pi); 

[bz,az]=bilinear(bt,at,fs); %Bilinear transform to create a lowpass filter. 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(bz,az,sigin(i,:)); 

end 

 

2.2.IIR bandstop filter 

1.Butterworth 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

[b,a]=butter(n,[fl/(fs/2) fh/(fs/2)],'stop'); %Create a Butterworth 

bandstop filter. 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

end 

 

2.ChebyshevI  
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%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%R: Decibels peak-to-peak ripple in passband. 

%sigout: The signal after filtering. 

R=10 

[b,a]=cheby1(n,10,[fl/(fs/2) fh/(fs/2)],'stop'); %Create a ChebyshevI 

bandstop filter. 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

end 

 

3.ChebyshevII 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%R: Decibels peak-to-peak ripple in stopband. 

%sigout: The signal after filtering. 
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R=20 

[b,a]=cheby2(n,R,[fl/(fs/2) fh/(fs/2)],'stop');%Create a ChebyshevII 

bandstop filter. 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,a,sigin(i,:)); 

end 

 

4.Bilinear Transformation method 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

[z,p,k]=buttap(n); %Create a Butterworth analog filter. 

[b,a]=zp2tf(z,p,k);%zeros and poles to transfer function. 

[bt,at]=lp2bs(b,a,fl*2*pi,fh*2*pi); %lowpass filter to bandstop filter. 

[bz,az]=bilinear(bt,at,fs);%Bilinear transform. 

    sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(bz,az,sigin(i,:)); 

    end 



 

 

51 
 

APPENDIX 3  

The FFT of the FIR filter (bandpass and bandstop) 

1. FIR with fir1 
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2. FIR with hanning function 
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3. FIR with kaiserord 
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4. FIR with fircls1 
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5. FIR with firpm 
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6. FIR with firls 
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APPENDIX 4 

Code for the FIR design in the Matlab 

4.1 FIR bandpass filter 

1.FIR with fir1 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

w1=2*fl/fs;  

w2=2*fh/fs; 

Wn=[w1 w2]; 

b=fir1(n,Wn,'DC-0'); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

2.FIR with hanning function 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  
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%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

w1=2*fl/fs;  

w2=2*fh/fs; 

Wn=[w1 w2]; 

b=fir1(n,Wn,'bandpass',hanning(n+1)); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

3.FIR with kaiserord 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

fcuts = [fl-100 fl+100 fh-100 fh+100]; 

mags = [0 1 0]; 

devs = [0.01 0.05 0.01]; 



 

 

59 
 

[n,Wn,beta,ftype] = kaiserord(fcuts,mags,devs,fs); 

n = n + rem(n,2); 

b= fir1(n,Wn,ftype,kaiser(n+1,beta),'noscale'); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

4.FIR with fircls1 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

wo=2*fl/fs; 

dp1 = 0.008;  

ds1= 0.02; 

b1= fircls1(n,wo,dp1,ds1,'high') 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b1,1,sigin(i,:)); 

    end 



 

 

60 
 

w1=2*fh/fs; 

dp2 = 0.02;  

ds2= 0.008; 

b2= fircls1(n,w1,dp2,ds2) 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b2,1,sigout(i,:)); 

end 

 

5.FIR with firpm 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

fcuts = [fl-100 fl+100 fh-100 fh+100]; 

mags = [0 1 0]; 

devs = [0.01 0.05 0.01]; 

[n,fo,mo,w]=firpmord(fcuts,mags,devs,fs); 

b=firpm(n,fo,mo,w); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 
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end 

 

3. FIR with firls 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

ws1=2*(fl-100)/fs 

wp1=2*(fl+100)/fs 

wp2=2*(fh-100)/fs 

ws2=2*(fh+100)/fs 

Wn = [0 ws1 wp1 wp2 ws2 1 ]; 

b=firls(n,Wn,[0 0 1 1 0 0]); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

4.2 FIR bandstop filter 

1.FIR with fir1 

%sigin: The signal to be filtered. 
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%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

w1=2*fl/fs;  

w2=2*fh/fs; 

Wn=[w1 w2]; 

b=fir1(n,Wn,'DC-1'); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

2.FIR with hanning function 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

w1=2*fl/fs;  

w2=2*fh/fs; 
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Wn=[w1 w2]; 

b=fir1(n,Wn,'stop',hanning(n+1)); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 

 

3.FIR with kaiserord 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

fcuts = [fl-100 fl+100 fh-100 fh+100]; 

mags = [1 0 1]; 

devs = [0.01 0.05 0.01]; 

[n,Wn,beta,ftype] = kaiserord(fcuts,mags,devs,fs); 

n = n + rem(n,2); 

b= fir1(n,Wn,ftype,kaiser(n+1,beta),'noscale'); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 



 

 

64 
 

end 

 

4.FIR with fircls1 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

wo=2*fl/fs; 

dp1 = 0.02;  

ds1= 0.008; 

b1= fircls1(n,wo,dp1,ds1) 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout1(i,:) = filtfilt(b1,1,sigin(i,:)); 

    end 

w1=2*fh/fs; 

dp2 = 0.008;  

ds2= 0.02; 

b2= fircls1(n,w1,dp2,ds2,'high') 

    for i=1:size(sigin,1) 

        sigout2(i,:) = filtfilt(b2,1,sigin(i,:)); 
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    end 

    for i=1:size(sigin,1) 

        sigout(i,:) = sigout1(i,:)+sigout2(i,:)  

end 

 

5.FIR with firpm 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

fcuts = [fl-100 fl+100 fh-100 fh+100]; 

mags = [1 0 1]; 

devs = [0.05 0.01 0.05]; 

[n,fo,mo,w]=firpmord(fcuts,mags,devs,fs); 

b=firpm(n,fo,mo,w); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

end 
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6.FIR with firls 

%sigin: The signal to be filtered. 

%fl: The lower cutoff frequency of the bandpass filter in Hz.  

%fh: The higher cutoff frequency of the bandpass filter in Hz.  

%fs: The sample frequency. 

%n: The order of digital filter. 

%sigout: The signal after filtering. 

ws1=2*(fl-50)/fs 

wp1=2*(fl+50)/fs 

wp2=2*(fh-50)/fs 

ws2=2*(fh+50)/fs 

Wn = [0 ws1 wp1 wp2 ws2 1 ]; 

b=firls(n,Wn,[1 1 0 0 1 1]); 

  sigout=[]; 

    for i=1:size(sigin,1) 

        sigout(i,:) = filtfilt(b,1,sigin(i,:)); 

    end 



 

 
 

 


