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Abstract—In digital system, interference is mixed within the signal that features a nice influence on the performance 

of the system. Therefore, process of signal needs to be done to induce helpful signal. Finite impulse response (FIR) 

filter plays a crucial role within the process of digital signal. Planning the FIR filter by MATLAB will alter the 

sophisticated computation in simulation and improve the performance. By victimization the ways of window perform, 

frequency sampling and biconvex optimisation techniques, the look of FIR filter has been processed by MATLAB. 

Within the read of the designed program of MATLAB and that we will get the amplitude-frequency characterization. 

FIR digital filters are designed to method the signal supported the MATLAB perform, the filtering result of various 

digital filters is analyzed by examination the signal’s amplitude-frequency diagrams that are generated. The 

experimental results show that the FIR filters designed are effective. 

Keywords—FIR filter, MATLAB, window function, frequency sampling, optimisation,amplitude-frequency 

characterization. 

I. INTRODUCTION 

The digital filter may be a separate system, and it will do a series of mathematic process to the sign, and so get the 

required data from the sign. The T.F for a linear, time-invariant, digital filter is typically expressed as: 

 

H (z) =
 𝑏𝑗
𝑀
𝐽 =0 𝑧−𝑗

1+ 𝑎𝑖  𝑧
−𝑖𝑁

𝑖=1

 

Where ai and bj are coefficients of the filter in Z-transform. 

There are several types of digital filters, and additionally many alternative ways that to classify them. According their 

operate, the FIR filters is classified into four classes, that are low pass filter, high pass filter, band pass filter, and band 

stop filter. In keeping with the impulse response, there are sometimes two forms of digital filters, that are finite impulse 

response (FIR) filters and infinite impulse response (IIR) filters. In keeping with the formula higher than, if ai is often 

zero, then it's a FIR filter, otherwise, if there's a minimum of one none-zero ai, then it's Associate in Nursing IIR filter. 

The three basic arithmetic units required to style a digital filter are: the adder, the delay, and therefore the multiplier 

factor [1][2].The following are the steps for coming up with a digital filter: 

 Ensure of the property of a digital filter in keeping with the given necessities. 

 Use a distinct linear time-invariant system operates to approach to the properties. 

 Create use of algorithms to style the system operate. 

 Use a technique or hardware to realize it. 

 

II. FIR FILTER 

The finite impulse response (FIR) filter is one of the most important basic components in a DSP system. It will guarantee 

a strict linear part frequency characteristic and amplitude frequency characteristic. Besides, the unit impulse response is 

finite, thus FIR filters square measure stable system. The FIR filter has abroad application in several fields, reminiscent 

of telecommunication, image process, and so on [5]. 

The system operates of FIR filter is: 

H (z) = ℎ[ 𝑛]𝑧−𝑛  𝐿−1
𝑛=0  

Where h[z] is the impulse response and, L is the length of the filter. 
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III. IIR FILTER 

 

The infinite impulse response (IIR) filter is algorithmic structure, and it's a circuit. The exactitude of amplitude frequency 

characteristic is incredibly high, and IIR filters aren't linear section [4]. The input and therefore the output signals are 

connected by: 

y (n)= ℎ(𝑘)𝑥(𝑛 − 𝑘)∞
𝑘=0  

Where h (k) is that the impulse response sequence wherever k = zero,1,…….., 

From this equation we tend to see that, for IIR filters, the impulse response is of infinite length. 

The IIR filtering equation is expressed as: 

 

y (n)= ℎ(𝑘)𝑥(𝑛 − 𝑘)∞
𝑘=0 =  𝑏𝑘

𝑀
𝑘=0 𝑥 𝑛 − 𝑘 −  𝑎𝑘

𝑁
𝑘=0 𝑦(𝑛 − 𝑘) 

Whereak and bk are the filter coefficients. From equation we tend to note that, the present output sample, y (n) could be 

operate as past values of output and also the present and past input samples, that's the feedback system. The equation 

reduces to the FIR equation once the bk are set to zero and that we note that within the FIR filter current output sample, 

y(n) could be a operate solely of past and present values of input sample [12][13]. 

 

IV. COMPARISON OF FIR AND IIR FILTERS 

 
Table 1. Comparison between IIR and FIR filter 

S.No IIR FIR 

1. IIR filters are unstable FIR filter are unstable 

2. Difficult to control phase Linear phase Response 

3. Only for lower order Can be used for higher order 

4. Lesser Computation Large computation 

5. They are Recursive Filters They are Non Recursive filters 

6. Storages units are lesser Storage units are more 

7 FFT cannot be used FFT technique can be used 

 

V. SIMULATION OF ELECTRONIC COMMUNICATIONSYSTEM 

 

The conception of Telecommunications and Electronic systems simulation 

System simulation technology refers to theoretical account technology that developed since 1970 combining fashionable 

computers and simulation code. Theoretical account has high preciseness, skilfulness, smart repeatability, fast modelling 

and low price benefits. Particularly in recent years, MATLAB, a scientific computing and system simulation language, is 

developed chop-chop [6]. It’s much more convenient to use and operate other than traditional C or C++ language. 

Alleged transmission system simulation is that the use of the pc on the physical model or mathematical model of actual 

transmission systems testing and study of this model take a look at on an actual system performance and in operation 

state. Once a pilot study in actual transmission system is tougher or not possible to attain, the simulation technology has 

become associate degree inevitable alternative [5]. 

 

Steps of computer simulation 

 Analyze the simulation system 

 Build a system mathematical model 

 Collect knowledge 

 Establish simulation model on pc 

 Verify the simulation model 

 Confirm the simulation model 

 Design simulation experiment 

 Run the pc simulation model 

 Analyse results of the simulation 
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VI. DESIGN OF FIR FILTER 

It is necessary to specify pass band, stop band, and transition band once planning a frequency-selective filter. Inpass 

band, frequencies area required to be passed un - attenuated. In stop band, frequencies have to be compelled to be passed 

attenuated. Transition band contain frequencies that square measure lying between the pass band and stop band. 

Therefore, the whole frequency vary is split into one or maybe additional pass bands, stop bands, and transition bands 

[10]. In sensible, the magnitude isn't necessary to be constant within the pass band of a filter. A tiny low quantity of 

ripple is sometimes allowed within the pass band. Similarly, the filter response doesn't to be zero within the stop band. A 

small, nonzero price is additionally tolerable within the stop band [14]. 

 

 
Fig.1. Amplitude-Frequency characteristic of low pass filter 

The transition band of the filter is between the pass band and also the stop band. The frequency ωp denotes the edge of 

thepass band, and the band-edge frequency ωs defines the edge of the stop band. So, the difference of ωs and ωp is the 

width of the transition band, i.e. ωt= ωs- ωp The ripple in the pass band of the filter is denoted as δp, and the magnitude of 

the filter varies from 1-δp to 1+ δp. δs is the ripple in the stop band. Sometimes we tend to use a graduated table to 

indicate the frequency response, hence, the ripple in the pass band is 20log10δpdB, and the ripple in the stop band is 

20log10δsdB. The characteristics of digital filters square measure usually lay out in the frequency domain [8]. The 

amplitude – frequency response of FIR and IIR filter is commonly laid out in the shape of a tolerance and is given within 

the figure one. Pertaining to the figure higher than, the subsequent parameters square measure of interest: 

 Peak pass band deviation (or ripples) 

 Stop band deviation 

 Pass band edge frequency 

 Stop band edge frequency 

 

VII. VARIOUS TECHNIQUES OF FILTERS 

The various filter techniques used to remove unwanted signal i.e. 

 Optimum Equiripple Method 

 Frequency Sampling Method 

 Window Method 

 

Optimum Equiripple Method 

Historically, the window operate technique was the primary technique for planning linear-phase FIR filters. The 

frequency sampling technique and optimized equiripple technique were developed within the Nineteen Seventies and 

became extremely popular since then. Lacking precise management of the required frequencies, like ωp and ωs, is that the 

most serious disadvantage of the window operate technique within the style of an occasional pass FIR filter. The 

frequency sampling method is better than the window method in the aspect that the real-valued frequency response 

characteristics Hr(ω) is specified, which may be either zero or unity in the least frequencies, except the transition band 

[8]. The Chebyshev approximation technique offers fully management of the filter necessities. As a result, this technique 

is additional desirable than the opposite two. It’s supported the Remez exchange algorithmic rule that minimizes the error 

with relevancy the max-norm. 

From the figures below i.e. 10,11,12,13, it's straightforward to check that the input is created of two superposition signals 

with distinct frequencies. The pass band is from zero to 500Hz, and also the stop band is from five hundred to 1000Hz. 

once filtering, the signal with frequency of 400Hz is unbroken, whereas the signal with frequency of 700Hz that is within 

the stop band is filtered [15]. 
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Fig.2. Time-domain before filtering                    Fig.3. Time-domain after filtering 

 

Fig.4. Frequency-domain before filtering                                         Fig.5. Frequency-domain after filtering    

Frequency Sampling 

The frequency sampling technique can add following approach, we have a tendency to begin within the frequency 

domain, and sample the desired frequency response H(ejΩ) with N evenly-spaced samples instead of a continuous 

frequency, and get Hd(k)= Hd(ejΩ) | Ω=2πk/N, (k=0,1,…, N-1). Then, let H(k)= Hd(k)= Hd(ejΩ)|Ω=2πk/N, we have a 

tendency to get the unit impulse response, h(n)=IDFT[H(k)], wherever IDFT is Inverse distinct Fourier remodel. The 

inverse DFT then yields an impulse response which is able to cause a filter whose frequency response an equivalent as 

that of the specification specifically at the placement of the frequency samples. The advantage of this technique is that we 

are able to style filters directly within the frequency domain, but the disadvantage is that the sampling frequency can only 

be integer times of 2π/N, and that we cannot guarantee a random cut-off frequency. 

From the figures 6,7,8,9 we are able to get the knowledge that the signal is created from three superposition signals with 

distinct frequencies. The oftenness is 2000Hz, and also the pass band is from zero to 500Hz, therefore signals with the 

frequencies of 100Hz and 300Hz area unit unbroken, whereas that of 700Hz is filtered. 

 
Fig.6. Time-domain before filtering                                         Fig.7. Time-domain after filtering 

 

 Fig.8. Frequency-domain before filtering                                 Fig.9. Frequency-domain after filtering 
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Window Method 

In this technique, a truncated ideal low pass filter with a particular information measure is generated, and so a window is 

chosen to urge sure stop band attenuation. The length of filter “L‟ can be adjusted to meet a specified roll-off rate in the 

transition band. The windowed, truncated low pass filters is taken into account and so different reasonably filters, like 

high pass, band pass, and band stop filters may be achieved by many techniques [17]. Any finite-length of the best low 

pass impulse response could also be thought-about because the product of the infinite-length low pass impulse response 

could also be thought-about because the product of the infinite-length low pass impulse response and a window operate 

W, that incorporates a finite variety of contiguous nonzero-valued amples [6]. 

Comparing Figures two,3,4,5 it's simple to visualize that the signal is created from two superposition signals with totally 

different frequencies. The pass band is 0-100 cycles/second, and stop band starts from 170Hz, and there are two 

frequencies of 100Hz and 200Hz eager to be filtered. The signal with frequency of 100Hz that is within the vary of pass 

band is unbroken, whereas the signal with frequency of 200Hz that is within the vary of stop band is filtered. The 

minimum stop band attenuation values for playing window is 53dB, that is bigger than 50dB, and this result specifically 

meets the necessities [8]. 

 

 

 Fig.10. Time-domain before filtering                                         Fig.11. Time-domain after filtering 

 

 Fig.12. Frequency-domain before filtering                               Fig.13. Frequency-domain after filtering 

 

VIII. CONCLUSION 

Out of all FIR Filtering techniques, OPTIMUM EQUIRIPPLE technique is that the best technique for filtering, as a result 

of: 

1.Minimizes most ripple 

2.Precise management of the crucial filter frequencies 

3.Can be easily designed on computer that’s why called computer aided design 

4.Ideal linear part style 

5.Approximate error between desired frequency response &amp; actual frequency response is unfold equally across pass 

band and stop band 

6.Sharpest FIR filter 
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