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ABSTRACT  
 This paper proposes a novel optimal design of linear phase digital band stop finite impulse response (FIR) filter using 

Improved Particle Swarm Optimization (IPSO) technique. FIR filter design is a multi-modal optimization problem. An 

iterative method is introduced to find the optimal solution of FIR filter design problem. Particle Swarm Optimization (PSO) 

is similar to the Genetic Algorithm (GA) in that it performs a structured randomized search of an unknown parameter space 

by manipulating a population of parameters to converge to a suitable solution .IPSO is an improved PSO that proposes a new 

definition for the velocity vector and swarm updating and hence the solution quality is improved. Evolutionary algorithms 

like real code genetic algorithm (RGA), particle swarm optimization (PSO), improved particle swarm optimization (IPSO) 

have been used here for the design of linear phase band stop FIR filter. In the design process, the filter length, pass band and 

stop band frequencies, feasible pass band and stop band ripple sizes are specified. A comparison of simulation results reveals 

the optimization efficacy of the algorithm over the prevailing optimization techniques for the solution of the multimodal, 

non-differentiable, highly non-linear, and constrained filter design problems. 
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I.INTRODUCTION 
Digital Signal Processing (DSP) presents greater flexibility, higher performance (in terms of attenuation and 

selectivity), better time and environment stability along with lower equipment production costs than traditional 

analog techniques. Additionally, more and more microprocessor circuitry is being substituted with cost effective 

DSP techniques and products. DSP techniques have a wide range of applications in the fields of communication 

(cellular base stations), image processing, pattern recognition, etc. These new DSP applications result from 

advances in digital filtering. A digital filter is simply a discrete-time, discrete amplitude convolver. Owing to the 

way that analog and digital filters are physically implemented, an analog filter is inherently more size-and 

power-efficient, although more component sensitive ,than its digital counterpart. In general, as signal frequency 

increases, the disparity in efficiency increases. Thinking about analog filters, most engineers are comfortable in 

the time domain. A digital filter is better conceptualized in the frequency domain. The filter implementation 

simply performs a convolution of the time domain impulse response and the sampled signal. A filter is designed 

with a frequency domain impulse response which is as close to the desired ideal response as can be generated, 

given the constraints of the implementation. The frequency domain impulse response is then transformed into a 

time domain impulse response which is converted to the coefficients of the filter. Digital filters are used in 

numerous applications from control systems, systems for audio and video processing, and communication 

systems to systems for medical applications. Nowadays digital filters can be used to perform many filtering 

tasks which, in the not so distant past, were performed almost exclusively by analog filters and are replacing the 

traditional role of analog filters in many applications. Digital filtering can be applied to very high frequency 

signals, such as those occurring in biomedical and seismic applications very efficiently. In addition, the 

characteristics of digital filters can be changed or adapted by simply changing the content of a finite number of 

registers, thus multiple filters are usually used to discriminate a frequency or a band of frequencies from a given 

signal which is normally a mixture of both desired and undesired signals. Depending upon the length of the 

impulse response, digital filters can be classified as Finite-duration Impulse Response (FIR) and Infinite 

duration Impulse Response (IIR) filters. FIR filters are stable and can exhibit linear phase property provided the 

coefficients of the impulse response are properly chosen. This linear-phase feature has led to the use of such 

type of filter for practical communication system design. In case of a FIR filter, the response due to an impulse 

input will decay within a finite time. But, for IIR filter, the impulse response never dies out. It theoretically 

extends to infinity. FIR filters are commonly known as non-recursive filters and IIR filters are known as 

recursive filters. These names came from the nature of algorithms used for these filters. Implementation of FIR 

filters is easy, but it is slower when compared to IIR filters. Though IIR filters are fast, practical implementation 
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is complicated compared to FIR filters [1]. FIR filter is an attractive choice because of the ease in design and 

stability. By designing the filter taps to be symmetrical about the centre tap position, the FIR filter can be 

guaranteed to have linear phase. Finite impulse response (FIR) digital filters are known to have many desirable 

features such as guaranteed stability, the possibility of exact linear phase characteristic at all frequencies and 

digital implementation as non-recursive 978-1-4673-0126-8/11/$26.00_c 2011 IEEE 699 structures. Linear 

phase FIR filters are also required when time domain specifications are given [2]. Traditionally, different 

techniques exist for the design of digital filters .Out of these, windowing method is the most popular. In this 

method, ideal impulse response is multiplied with a window function. There are various kinds of window 

functions (Butterworth, Chebyshev, Kaiser etc.), depending on the requirements of ripples in the pass band and 

stop band, stop band attenuation and the transition width. These various techniques have the advantages that 

more effective narrow band filters can be designed easily, and those filters can be designed with an arbitrary 

response. However, these techniques do not have a sufficient control over the transition band frequency sample 

values and will result in a suboptimal solution. The most frequently used method for the design of exact linear 

phase weighted  Chebyshev  FIR digital filter is the one based on the Remez-exchange algorithm proposed by 

Parks and McClellan [3]. Further improvements in their results have been reported in [4]. The main limitation of 

this procedure is that the relative values of the amplitude error in the frequency bands are specified by means of 

the weighting function, and not by the deviations themselves. Therefore, in case of designing filters with the 

given stop band deviation, filter length and cut-off frequency, the program has to be iterated many times [5]. A 

number of models have been developed for the finite impulse response (FIR) filter techniques and design 

methods. This is a thrust research area, aiming at obtaining more general and innovative techniques that are able 

to solve and/or optimize new and complex engineering problems [6]. The trade-off has to be made by the 

designer on one or the other of the design specifications. So, evolutionary methods have been employed in the 

design of digital filters to design with better parameter control and to better approximate the ideal filter [7]. 

Different heuristic optimization algorithms such as genetic algorithm (GA) [7-9], simulated annealing 

algorithms [10], Tabu search [11], and artificial bee colony algorithm [12] etc. have been widely used to design 

optimal digital filters. When considering global optimization methods for digital filter design, the GA seems to 

be the promising one. Filters designed by GA have the potential of obtaining near global optimum solution. 

Although standard GA (mostly referred to as Real Coded GA (RGA)) have a good performance for finding the 

promising regions of the search space, they are inefficient in determining the local minimum in terms of 

convergence speed and solution quality [13-14]. The approach detailed in this paper takes advantage of the 

power of the stochastic global optimization technique called particle swarm optimization. Although the 

algorithm is adequate to applications in any kind of parameterized filters, the authors have chosen to focus on 

real-coefficient FIR filters. Particle Swarm Optimization (PSO) is an evolutionary algorithm developed by 

Eberhart et al. [15-16]. Several attempts have been made towards the optimization of the FIR Filter [14] using 

PSO algorithm. The PSO is simple to implement and its convergence may be controlled via few parameters. The 

limitations of the conventional PSO are that it may be influenced by premature convergence and stagnation 

problem [17-18]. In order to overcome these problems, the PSO algorithm has been modified in this paper and 

is employed for FIR band stop filter design. This paper describes an alternative approach for the FIR band stop 

digital filter design using Improved Particle Swarm Optimization Approach (IPSO). IPSO algorithm tries to find 

the best coefficients that closely match the ideal frequency response. Based upon the IPSO approach, this paper 

presents a good and comprehensive set of results, and states arguments for the superiority of the algorithm. 

.II. LITERATURE SURVEY 

In signal processing, the function of a filter is to remove unwanted parts of the signal, such as random noise, or 

to extract useful parts of the signal, such as the components lying within a certain frequency range. A digital 

filter uses a digital processor to perform numerical calculations on sampled values of the signal. The processor 

may be a general-purpose computer such as a PC, or a specialized DSP (Digital Signal Processor) chip. There 

are many designing methods of FIR filters and many algorithms are available to optimize the parameters of FIR 

filters. Some of which are given below  

1. The Fourier series method 

2. The window method  

3. Frequency sampling method 

 We can use MATLAB to design Fir filters. Here we will represent practical aspects of FIR filter design and 

fixed-point implementation along with the algorithms available in the Filter Design Toolbox and the Signal 

Processing Toolbox for this purpose. Both the pass band/ stop band ripples and the transition width are 

undesirable but unavoidable deviations from the response of an ideal low pass filter when approximating with a 

finite impulse response. Practical FIR designs typically consist of filters that meet certain design specifications, 

i.e., that have a transition width and maximum pass band/stop band ripples that do not exceed allowable values. 
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In addition, one must select the filter order, or equivalently, the length of the truncated impulse response. A 

useful metaphor for the design specifications in FIR design is to think of each specification as one of the angles 

in a triangle as in Figure. The metaphor is used to understand the degrees of freedom available when designating 

design specifications. Because the sum of the angles is fixed, one can at most select the values of two of the 

specifications. The design algorithm utilized will determine the third specification. Moreover, as with the angles 

in a triangle, if we make one of the specifications larger/smaller, it will affect one or both of the other 

specifications  

                                

Fig (1.1) Triangle method of specification[5] 

S. N. SHARMA, RAJIV SAXENA AND S. C. SAXENA represent the general designing method for FIR filter 

synthesis by using some recently reported combinational window functions. The performance of these filters is 

compared with FIR filters designed by using Kaiser window (prolate spheroidal wave function based). They 

also suggest some corrections in the set of design equations for FIR filter synthesis by using raised cosine 

window. The variable window functions used in this study other than Kaiser and raised cosine window provide 

filters with better side lobe fall off Srate. This feature can be utilized for better suppression of images associated 

with inter polators. 

Arojit Roychowdhury describes the some of the techniques used to design FIR filters. In the beginning, the 

windowing method and the frequency sampling methods are discussed in detail with their merits and demerits. 

Different optimization techniques involved in FIR filter design are also covered, including Rabiner‟s method for 

FIR filter design. These optimization techniques reduce the error caused by frequency sampling technique at the 

non-sampled frequency points. A brief discussion of some techniques used by filter design packages like 

MATLAB is also included. 

David Gonzalez Munoz, Oscar Gustafson, and Lars Wanhammar analysis the Estimation of the minimum filter 

order for linear-phase FIR filters is commonly performed during the design of DSP systems. In this work gene 

expression programming is used to discover new equations for the linear-phase FIR filter order .The results are 

shown to be as least as accurate as previously proposed estimates. 

Fabio Fabian Daitx and Vagner S. Rosa propose VHDL generation software for optimized FIR filters. In this 

paper, a near optimum algorithm for constant coefficient FIR filters was used. This algorithm uses general 

coefficient representation for the optimal sharing of partial products in Multiple Constants Multiplications 

(MCM). The developed tool was compared to MATLAB FDA toolbox. Synthesis results show that our tool is 

able to produce significantly better hardware than FDA toolbox, doubling the speed and reducing the silicon 

area by 75%. The software produces a generic VHDL output, synthesizable to ASIC or FPGA. 

The section  in Oppenheim, Schafer & Buck describe the method of fir filter designing using Windowing 

method  in which it is stated that Unlike discrete-time IIR filters which are generally obtained by transforming 

continuous-time IIR systems, FIR filters are almost always implemented in discrete time: a desired magnitude 

response is approximated directly in the DT domain. In addition, a linear phase constraint is often imposed 

during FIR filter design. Although the rectangular windowing method provides the best mean-square 

approximation to a desired frequency response, just because it is optimal does not mean it is good. FIR filters 
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designed with windows exhibit oscillatory behavior around the discontinuity of the ideal frequency response 

and does not allow separate control of the pass band and stop band ripples. An alternative FIR design technique 

is the Parks-McClellan algorithm, which is based on polynomial approximations  

H. J. Trussell and D. M. Rouse  describes that the number of nonzero coefficients in an FIR filter determines the 

number of hardware multipliers that are required to implement the filter. Projection onto convex sets is shown to 

be an effective method to create linear phase FIR filters with reduced numbers of nonzero coefficients while 

maintaining filter specifications. The method can be used as an original design method or used to enhance the 

performance of filters generated by existing design methods. One aspect of FIR filter implementation of interest 

is the number of multipliers needed to realize the filter. We propose a design method. 

 

III. BINARY PARTICLE SWARM OPTIMIZER 

       Model of Binary Decision The probability that an individual‟s of deciding yes or no, true or false, or some 

other decision depend upon the personal and social factors which are given as 

  P (xid(t) =1) = f (xid (t − 1), vid (t − 1), pid, pgd)  (1)            

 Therefore deciding of zero is given by 

 (1-P)P(xid(t)=0)=1−P(xid(t)=1)      (2)                                      

WhereP (xid (t) = 1) is the probability of deciding one at the dth position in bit string.P (xid (t) = 0) is the 

probability of deciding zero at the dth position in bit string.xid (t) is the current state of the bit string site d of 

individual i.vid (t − 1) is a measure of the individual‟s predisposition or current probability of deciding 1.t means 

current time step and t -1 means previous time step.pid the best state found eg. It is 1 if the individual‟s when xid 

was 1 otherwise 0.pgd the best state of neighborhood. It is 1 if the best success attained by any member of the 

neighborhood was 1, otherwise it is zero. The vid (t) will determine the probability threshold. If its value is high, 

the individual is more likely to choose one and if its value is low then individual is more likely to choose zero. 

Therefore such a threshold needs to sty in the range [0.0, 1.0]. So we have sigmoid function to accomplish this 

which is given as  

                  s (vid) =
)vexp(1

1

id
                                                      

Therefore, finally formula that is used for decision-making is given as 

 vid (t) = vid (t-1) + c1 1 (pid- xid (t − 1)) + c2 2 (pgd -  xid (t − 1)).                                                  (3) 

     If idρ  < s (vid (t)) then xid (t) = 1; else xid (t) = 0                                  (4) 

Where idρ a vector of random number is lies between 0.0 and 1.0.we should limit vid so that s (vid) does not 

approach closely to 0.0 or 1.0.A constant parameter Vmax can be set at, the start of a trial to limit the range of vid. 

Vmax should be set at  4.0 [19]. 

 STANDARED PARTICLE SWARM OPTIMIZER 

       In real number space, the parameters of a function can be conceptualized as a point in space. A number of 

particles can be evaluated and there is presumed to be some kind of preference or attraction for better regions of 

the search space.  

       xid (t) = f (xid (t − 1), vid(t − 1), pid, pgd)    (5)                                  
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      vid (t) = vid (t-1) + c1 1 (pid - xid (t − 1)) + c2 2 (pgd -  xid (t−1))                        (6) 

       xid (t) = xid (t − 1) + vid (t)                (7)                                   

The PSO has a tendency of to explode as oscillations become wider and wider, unless some method is applied 

for damping the velocity. The method of preventing the explosion is simply to define a parameter Vmax and 

prevent the velocity from exceeding it on each dimension d for individual i. Typically Vmax is set to Xmax, the 

maximum initialization range of xid. 

             if vid > Vmax then vid = Vmax  

         else if vid < −Vmax then vid = −Vmax 

The effect of this is to allow particles to oscillate within bounds, although with no tendency for convergence or 

collapse of the swarm toward a point.The   variables are random numbers defined by an upper limit. The 

effect of this is that the particle cycles unevenly around a point defined as a weighted average of the two 

“bests”: 

                  

21

1







 ig2id p p 
  

Because of random numbers, the location of this point change with every iteration [20]. 

 PARAMETER SELECTION 

 In the particle swarm, there are explicit several parameters whose values can be adjusted to produce variations 

in the way the algorithm searches the problem space. The most important of these are Vmax and , which are set 

at beginning of a trial and remain constant throughout.Besides the explicit parameters, the system can be 

thought to contain a number of implicit ones, if we consider the terms of the formulas to be weighted, in original 

version, by 1.0. We can change the implicit parameters, of course; we could eliminate the effect of a term by 

giving it a weight of 0.0 or increase its effect with a larger weight. In these ways, we can make suitable 

adjustment to the system that can control important behaviors such as convergence and explosion. We can 

optimize the algorithm‟s performance by adjusting the various parameters [3].The PSO operates by modifying 

the distance that each particle moves on each dimension per iteration. Changes in the velocity are random and 

an undesirable result of this is that the particle‟s trajectory, uncontrolled, can expand into wider and wider 

cycles through the problem space, eventually approaching infinity. Something is needed to be done to damp out 

these oscillations if the particle is to search usefully. The traditional method is to implement a system constant 

Vmax with the stipulation 

       If vid > Vmax then vid = Vmax                                                   

          else if vid<-Vmax then vid = -Vmax                                  (8) 

 

IV. CONCLUSION 

 

This paper presents a novel and accurate method for designing linear phase digital band stop FIR filters by using 

nonlinear stochastic global optimization based on IPSO. Filters of order 20 have been realized using RGA, PSO 

as well as the proposed IPSO algorithm. Extensive simulation results justify that the proposed algorithm 

outperforms RGA and conventional PSO in the accuracy of the magnitude response of the filter as well as in the 

convergence speed and is adequate for use in other related design problems. 
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