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Abstract — In FIR filter implementation, numbers of multiplier and adder circuits play an important role in chip area, speed 
and cost. In this paper, cost has been analyzed based on various windowing techniques. All window techniques have been 
compared in terms of number of adders and multipliers. The filter has been designed and simulated using Matlab 7.6. Results 
show that performance of Blackman & Hanning window techniques are better as compared to Rectangular, Hamming and 
Bartlett. Performance has been further improved using Kaiser and Equiripple window methods. Equiripple window based 
FIR filter has shown 28.97% reduction in multiplier and 29.08% in adder as compared to Kaiser to provide cost effective 
solution for DSP applications. 
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I. INTRODUCTION 
 
  Digital filter is a mathematical algorithm 
implemented in hardware/ software that operates on 
digital input to produce a digital output [1] or a digital 
filter is a system that performs mathematical 
operations on a sampled, discrete-time signal to 
reduce or enhance certain aspects of that signal. A 
digital filter system usually consists of an analog-to-
digital converter to sample the input signal, followed 
by a microprocessor and some peripheral components 
such as memory to store data and filter coefficients 
etc. Finally a digital-to-analog converter to complete 
the output stage. Program Instructions (software) 
running on the microprocessor implement the digital 
filter by performing the necessary mathematical 
operations on the numbers received from the ADC. In 
some high performance applications, 
an FPGA or ASIC is used instead of a general 
purpose microprocessor, or a specialized DSP with 
specific paralleled architecture for expediting 
operations such as filtering.  
       Digital filters are used for two general purposes:  
separation of signals that have been combined and 
restoration of signals that have been distorted in some 
way. Digital filters are classified either as FIR or IIR, 
depending on the form of unit pulse response of the 
system. In FIR system impulse response is of finite 
duration, which means 
it has finite number of non-zero terms [1]. FIR filters 
can have an exactly linear phase response. The 
implication of this is that no phase distortion is 
introduced in to the signal by filter.  
         FIR filters are employed in filtering problems 
where there is a requirement for a linear phase 
characteristic within the pass band of the filter. If 
there is no requirement for linear phase characteristic, 
either an IIR or an FIR filter may be employed [2]. 
These filters play an important role in digital signal 
processing besides; its non-recursive construction 
contributes to its fast operation rate, low error, and  

 
linear phase and is always stable. Its basic structure is 
shown in fig1 where the structure of FIR filter in 
hardware is mainly composed of the shift register, 
adder and multipliers.  
            

 
Fig.1 FIR Filter Structure 

 
A digital filter, in its basic form, can be represented 
by its impulse response sequence, h(k), (k=0, 1,…..). 
The input and output signals to the filter are related 
by the convolution sum, which is given as 
 
 y(n)∑ ℎ(푘)푥(푛 − 푘)∞                                 (1) 
 
Performance of digital filters depends on the selection 
of window function. The key of Window design is to 
select the appropriate window function, which 
improves the frequency characteristics of the digital 
filter and reduce Gibbs phenomenon. 
 The basic principle of Window function design is to 
use window function of certain width to intercept 
infinite impulse response sequence for obtaining 
finite impulse response sequence [3]. It is 
a mathematical function that is zero-valued outside of 
some chosen. The rectangular window has excellent 
resolution characteristics for sinusoids of comparable 
strength, but it is a poor choice for sinusoids of 
disparate amplitudes. This characteristic is described 
as low dynamic range. At the other extreme of 
dynamic range are the windows with the poorest 
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resolution and poor sensitivity. This is, if the input 
waveform contains random noise close to the 
frequency of a sinusoid, the response to noise, 
compared to the sinusoid, will be higher than with a 
higher-resolution window.  
  High-dynamic-range windows are probably most 
often justified in wideband applications, where the 
spectrum being analyzed is expected to contain many 
different components of various amplitudes. In 
between the extremes are moderate windows, such 
as  Hamming and Hanning they are commonly used 
in narrowband applications, such as the spectrum of a 
telephone channel. One of the most important is 
Kaiser window. This is a parametric window which 
has an independent control parameter α. By choosing 
the value of α and the filter length N, arbitrary 
specification can be achieved in filters. It is a well 
known flexible window and widely used for the 
spectrum analysis and FIR filter design applications 
as they have the maximum energy concentration in 
the main-lobe. 
For linear-phase FIR filter it is possible to derive a set 
of conditions for which it can be proved that the 
design solution is optimal in the sense of minimizing 
the maximum approximation error. Filters that have 
this property are called equiripple filter because the 
approximation error is uniformly distributed in both 
the passband and the stopband.  This results in low-
order filter. 
 
II. FIR FILTER DESIGN 
 
 Digital filters are designed to give a desired 
magnitude and phase response throughout the pass 
band of the filter. In the time domain, windowing 
means that multiply the desired (usually ideal) 
infinite duration impulse response hd(n) by a finite 
duration window (or window function) w(n) to get a 
soft truncation. The resulted impulse response h(n) of 
the designed filter is the product 
 
  h(n)=hd(n)w(n),0≤n≤N           (2) 
 
Multiplying in time domain corresponds to 
convolution in frequency domain. Thus the frequency 
response of the designed filter (corresponding to the 
windowed impulse response h(n)) is 
 
H(ω)=Hd(ω)∗W(ω)  
         = 12π∫ π− πHd(ω′)W(ω− ω′)dω′                    
(3) 
where W(ω) is the Fourier transform (DTFT) of the 
window w(n). 
In the window design method, first the desired filter 
impulse response hd(n) is evaluated from the given 
desired frequency response Hd(ω) , and then an 
appropriate window is applied that satisfies pass band 
or attenuation specifications. Finally filter 
coefficients are derived for the given filter.  When 
H(ω) is simulated on a computer using Matlab 

software with N in the hundreds then it is seen that  
there is  non-zero transition width, overshoots and 
ripples due to the Gibbs phenomenon. 
   The Gibbs phenomenon can be reduced 
considerably by the use of a softer (less abrupt) 
truncation, i.e. by tapering the rectangular smoothly 
to zero at both ends. A practical approach is to 
multiply ideal impulse response, hd(n), by a suitable 
window function, w(n), whose duration is finite. This 
way the resulting impulse response decays smoothly 
towards zero. 
If {h[n]} represents the impulse response of a discrete 
time linear system a necessary and sufficient 
condition for linear phase is that {h[n]} have finite 
duration N, that it be symmetric about its midpoint, 
i.e, 
 
h[n] = h[N−1−n], n= 0, 1, 2, ...(N – 1 )             (4) 
 
H(ejω)  =    ∑ h[n]푒−jωn                          

              
=  ∑ h[n]푒/ −jωn   +    ∑ h[n]푒/

−jωn          
 
  = ∑ h[n]푒/ −jωn   + ∑ h[m]e/ −jω(N-1-m)                        

(5) 
 
For N even, there is a non-integer delay, which will 
cause the value of the sequence to change. Here 
windowing method is used to design FIR filters with 
linear phase. Much work has been done on adjusting 
window function to satisfy certain main lobe and side 
lobe requirements. Some of the commonly used 
windows are given below: 
 
Rectangular window:    

w[n]
= 1    0 ≤ n ≤ N

0 otherwise                                                 (6) 
 
Bartlett window:  
 

w(n) = 1−
n− N− 1

2
N − 1

2
                                  (7) 

              
 
Blackman window:     
 
 w(n) = a0− a1cos π + a2cos(4nπ/(N− 1)                       
                                                                          (8)                                                                                                
              

a0 =
1− α

2 , a1 =
1
2 , a2 =

α
2 , where α = 0.16 

 
 
Hamming window:    
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  w(n) = α− βcos
2nπ

N− 1                      (9)
 

α = 0.54, β = 1− α = 0.46
 

 
Hanning window: 
 
푤(푛) = 0.5(1− 푐표푠(2푛휋/(푁− 1)))         (10) 
 
Kaiser window: 

 

w(n) = (Io(πα 1− − 1 ( − 1)))/Io(πα)        
                                                                                                           

(11) 
 
Here I0 is the zeroth order modified Bessel function 
of the first kind, and α= 3. 
   The width of main lobe is inversely proportional to 
the length of filter. The attenuation in the side lobes 
is, however, independent of the length and is function 
of the type of window. Therefore a proper window 
function is to be selected in order to achieve desired 
stop band attenuation [4].  
 The ripple of filter, designed using any of fixed 
window functions is fixed. Ripples can be controlled 
using adjustable window functions. Most widely used 
adjustable window is Kaiser Window. Traditionally, 
most digital filter applications have been limited to 
audio and high-end image processing. With advances 
in process technologies and digital signal processing 
methodologies, digital filters are now cost-effective 
in the IF range and in almost all video markets [5]. 
In Filter designing using window method, first a 
window is chosen that satisfies the minimum 
attenuation. The transition width is approximately 
taken that allows us to choose the value of filter order 
(N). Actual frequency response characteristic is then 
calculated and checked if the requirements are met or 
not. Accordingly N is adjusted parameters for Kaiser 
Window which is obtained from design formula 
available in MATLAB. FIR filters are filters having a 
transfer function of a polynomial in z- and is an all-
zero filter in the sense that the zeroes in the z-plane 
determine the frequency response magnitude 
characteristic [6]. 
     It is noticed from frequency domain characteristics 
that Transition Width of rectangular window is 4π/M 
and  minimum stop band  attenuation is -21dB but 
Transition                  Width is constant(8 π/M) for 
Bartlett, Hanning & Hamming, where as Minimum 
stop band  attenuation  keeps on decreasing  
respectively. In case of Blackman window  Transition   
Width is maximum(12 π/M)  and Minimum stop band 
attenuation(-74dB). It can be then said that a wider 
transition region (wider main lobe) is compensated by 
much lower side-lobes and thus less ripples.  
 Equiripple FIR filters can be designed using the FFT 
algorithms as well. The algorithm is iterative in 
nature.  Simply compute the DFT of an initial filter 

design using the FFT algorithm. In the Fourier 
domain or FFT domain the frequency response is 
corrected according to the desired specifications and 
then the inverse FFT is computed. In time-domain 
retain only N of the coefficients (force the other 
coefficients to zero). Once again, the FFT is 
computed and the frequency response corrected 
according to specification. Software packages 
like MATLAB, GNU Octave, Scilab, 
and SciPy provide convenient ways to apply these 
different methods. 
 
III. MATLAB SIMULATION 
  
 The frequency response for the FIR filter design 
using Rectangular, Bartlett, Hanning, Hamming and 
Blackman is obtained for different values of N using 
MATLAB simulation.   
 

  
Fig2. Frequency Responses of Filter for N=100 

 

 
Fig3. Frequency Responses of Filter for N=200 
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Fig4. Frequency Response of Filter for N=251 

 
The choice of filter order was arbitrary. Since ideally 
the order should be infinite, in general, a larger order 
results in a better approximation to ideal at the 
expense of a more costly implementation. 

 
 

             Fig5.  Frequency Response of Fixed and 
Variable Window Functions 

I.  RESULTS AND DISCUSSION 
 In order to determine a suitable filter order, it is 
necessary to specify the amount of pass band ripple 
and stop band attenuation that will be tolerated. It is 
also necessary to specify the width of the transition 
region around the ideal cut off frequency. The latter is 
done by setting the pass band edge frequency and the 
stop band edge frequency. The pass band ripple and 
stop band attenuation obtained using Kaiser and 

Equiripple window is observed which is shown in 
Table 1 as:   

 
TABLE 1 CHARACTERISTIC OF WINDOW FUNCTIONS 

 
Window Pass Band                    

Ripple 
Stop Band      

Attenuation 
Order 

Kaiser 0.00051448dB 89.6831 dB 251 
Equiripple 0.058365 dB 90.1958 dB 178 
 
The Table 2 and Bar Chart for the cost analysis  using 
different window is given below, showing  that for 
the same specification of  filter design, Equiripple is 
cost effective among all window techniques as it uses 
lesser number of adders, multipliers, APIS(adder per 
input sample) and MPIS(multiplier per input sample). 
 
TABLE 2 COMPARISON OF RESOURCE CONSUMPTION 
USING DIFFERENT WINDOW 
 

Window No. of 
Adder 

   No. of   
Multiplier 

APIS MPIS 

Hamming 
Blackman 
Kaiser 
Equiripple 

251 
251 
251 
178 

252 
252 
252 
179 

251 
251 
251 
178 

252 
252 
252 
179 

 

 
Fig6. Bar Chart for Cost analysis using various windows 

 
CONCLUSION 
 
The design of low pass FIR filter using Hamming 
window is best because it has less ripples in pass 
band and also has narrowest main lobe and side lobes 
as small as possible compared to Rectangular, 
Bartlett, Hanning and Blackman, rather Blackman 
provides least stop band attenuation but it is not 
suitable for filter designing because of its higher 
transition width. Stop band attenuation cannot be 
further reduced using these windows, so variable 
windows are used. Performance analysis of 
Equiripple and Kaiser indicates that for same 
transition width, a minor difference is obtained in 
pass band ripples and stop band attenuation but a 
major difference in cost and area. As in case of 
Equiripple, number of adders & multipliers required 
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are 178 & 179 respectively compared to Kaiser, 
where 251 adders and 252 multipliers are required for 
the same specification of filter.  
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