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Abstract: Finite impulse response (FIR) filter design using multi-rate signal processing (MSP) 
is an imperative procedure for frequency converter. Designing of decimator and interpolator in multi-
rate signal, the outcomes are reducing the complexity but no effect on filter performance. The 
designing of digital filter is key technique in decimation for multi-rate that is emphasized in this 
paper. It is analyzed that the performance of filter using direct design method and multi-rate design 
method. It is found out multi-rate design method is more efficient in all respective over direct design 
method. In this proposed method FIR filter design using Kaiser Window design technique. By using 
this technique for filter designing method is more efficient over previous work. It is also shown in 
multi-rate sampling rate conversion factor 12 in this methodology that is cascaded in form and every 
phase corresponding to 3, 2 and 2. At the structure design stage it is also shown the requirement of 
component using multi-rate will be less compared to direct method.   

Keywords: Decimator, FIR low pass filter, Kaiser Window, Multi-rate signal processing, 
Sampling rate conversion. 

1. Introduction
MSP is an important technique to understand the digital 

frequency conversion mechanism. The procedure of 
convert a signal on or after a specified coefficient to a 
diverse sample rate is called sampling rate translation 1, 2). 
The system, that utilize numerous sample rates in the 
handing out of digital signals are called MSP. There is 
much relevance related to MSP: antenna system and radar, 
speech and audio processing system and communication 
system, system etc 3, 4). In conventional communication 
system, the baseband signal transmission rate is lower in 
comparison to intermediate frequency (IF) signal, so 
matching the sampling rate of one and other side5, 6). 
There is no confusion that the sampling rate of previously 
increased that, one equal to increase or added up to the 
sampling points7, 8). Whereas the receiving process, the 
signal from the analog to digital converter (ADC) by 
means of upper sampling rate is complicated to important, 
that is directly processing in the processor. Due to the 
above reason sampling rate pulling out is necessary to 
reduce the sampling speed. By the different way, the 
discrete sampling pointer is used for re-sampled and in the 
end the frequency of sampling signal will be downgraded 
for suitable point for the receiving the data9, 10). So that, 
the decimation and interpolation is key technique in multi-
rate signal processing for up and down sampling11, 12).  

In present situation maximum transceivers are included 

the processing of base band signal, analogy conversion 
and digital frequency conversion13, 14). The objectives of 
analog frequency are exchange at the affecting of high 
frequency analog signal changing in suitable IF. That is 
reduced the constraints of the input devices and the 
conversion of frequency is get lower transmission rate of 
baseband signal 15, 16). The digital up and down converter 
is designed for a low pass filter for complexity reduction 
in this article. It is shown that if sampling rate conversion 
factor is large then it would require more filter order than 
multistage17, 18). So in multistage designing in two stages 
or three stages filter design in cascade. The advantages of 
multi-rate signal processing are following: 

a). Less computational requirements  
b). Small amount of storage for filter coefficients 
c). Minimum computational complexity  
d). Low filter order necessary in MSP 

Basic operations in used for achieve the above 
requirement in multi-rate signal processing is ‘Decimation’ 
19, 20). For reduction of sampling rate used in ‘Decimation’. 
To perform, this frequently imply low pass filter on a input 
signal. The throw out some samples from it 21, 22). 
Downward samples are extra precise phrase that referred 
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to immediately the procedure of throw away sample, 
exclusive of the low pass filtering procedure. Filtering 
operations remove the un-desired spectral value. At the 
same time a linear procedure, the digital signal processing 
sense of decimation is to some extent dissimilar by the 
mathematics logic of decimation 23, 24). 

2. Design of digital filter in multi-rate
approach

 
 

Fig.1: Decimator diagram with factor ‘D’. 

Design of digital filter using MSP approach by 
decimator design: in the decimator the factor that is used 
only the relation of the output sampling rate and the input 
sampling rate. This is represented by the symbol by ‘D’, 
so that the ratio of output sampling rate and input sample 
rate and its ratio is represented by decimator factor ‘D’ 
shown in Fig. 1. 
The majority of this instantaneous motivation to 
decimation is only to decrease the sample rate by the side 
of the production of one structure consequently a structure 
working by a inferior sampling rate. It could be 
participation the signal. Other than a supplementary 
general enthusiasm is to reduce the cost of processing of 
signal using decimator. The computation and recollection 
mandatory to put into practice a digital signal processing 
structure normally is comparative with the sampling rate. 
So the employ of an inferior sampling rate frequently 
result inside a cheaper execution 24, 25). 

On the other hand, if twice the sampling rate, an 
equivalent filter is required4th times as numerous 
operations to implement 26). The reason is in cooperation 
quantity of numbers for every second. The filter lengths 
are increased by two, consequently complication and 
about by four1, 2). Accordingly, if divide in two the 
sampling rate, decrease the exertion consignment through 
a factor of four. It is supposed with the intention of, if 
reduction of the sample rate by ‘D’, the work intended for 
a filter go downward to (1/D) ^2. Constraint on factors of 
decimation involved throw left sample3). Thus simply 
decimation by means of integer factor and can’t 
decimation by means of fractional factor. Example is 
shown in Fig. 2 signal is decimated by factor of 12. 

Fig.2: Decimation of original signal with factor ‘12’ 

2.1  Decimation in multiple stages 

Fig. 3: Decimation in multistage 

The sampling rate of input signal designed for the 
succession {x(n)} is ‘F0=Fs’. 

Decimation in many stages is improved than the single-
phase decimation4, 5). For the reason that the filter 
coefficients are also reduced 6, 7). Other than it ensures 
with the intention of rejection the anti-aliasing occur 
within the on the whole decimation process. This can be 
designed for every phase to keep away from anti-aliasing 
contained by the frequency band of attention exposed in 
Fig. 3. 

3. Design step using Kaiser Window
techniques
Consider the low-pass filter specification;stop band 

attenuation (αs), pass band attenuation (αp) and attenuation 
(δ) in decibels (dB) are given as:  

 𝛼𝛼𝑝𝑝 = 20 log
1 + 𝛿𝛿
1 − 𝛿𝛿

 (1) 

D↓ 
Fs/D Fs 

-1264-



FIR Filter Complexity Analysis Using Multi-Rate Signal Processing Approach 

𝛼𝛼𝑠𝑠 = −20𝑙𝑙𝑙𝑙𝑙𝑙𝑙𝑙     (2) 

With the help of stop band frequency (ws), pass band 
frequency (wp), calculating transition width (B) in rad/sec: 

 𝐵𝐵 = 𝑤𝑤𝑠𝑠 − 𝑤𝑤𝑝𝑝  (3)

Calculating Fourier coefficients hd(n) by means of 
Fourier series technique; The idyllic frequency response 
H(ejw): 

𝐻𝐻(𝑒𝑒𝑗𝑗𝑗𝑗) = 1, 𝑓𝑓𝑓𝑓𝑓𝑓 |𝑤𝑤| ≤ 𝑤𝑤𝑐𝑐  
 = 0, 𝑓𝑓𝑓𝑓𝑓𝑓 𝑤𝑤𝑐𝑐 ≤ |𝑤𝑤| 𝑤𝑤𝑐𝑐   (4) 

Determine the parameter α from following equation: 

𝛼𝛼 = 0, 𝑓𝑓𝑓𝑓𝑓𝑓 𝛼𝛼𝑠𝑠 ≤ 21 

   = 0.58(𝛼𝛼𝑠𝑠 − 21)0.4 + 0.58(𝛼𝛼𝑠𝑠 − 21), 𝑓𝑓𝑓𝑓𝑓𝑓 21 ≤ 𝛼𝛼𝑠𝑠 ≤

50    

 = 0.11(𝛼𝛼𝑠𝑠 − 8.7), 𝑓𝑓𝑓𝑓𝑓𝑓𝛼𝛼𝑠𝑠 > 50                               (5) 

Choosing the parameter ‘D’ using following method: 

𝐷𝐷 = 0.922, 𝑓𝑓𝑓𝑓𝑓𝑓 𝛼𝛼𝑠𝑠 ≤ 21 

   = 𝛼𝛼𝑠𝑠−7.95
14.36

, 𝑓𝑓𝑓𝑓𝑓𝑓𝛼𝛼𝑠𝑠 ≥ 21  (6) 

Calculating the filter order for sampling frequency (wsf) 

 𝑁𝑁 ≥
𝑤𝑤𝑠𝑠𝑠𝑠𝐷𝐷
𝐵𝐵

+ 1  (7) 

Table 1. Parameter for direct stage filter specification. 

It is depending on the filter coefficient that is requisite 
to realize the preferred filter frequency response. The 
narrow-band filter might be implementing in a straight line 
otherwise by means of the multi-rate technique. As per the 
low pass filtering specification given in table 1, the filter 
pass band frequency 2.1MHz and their pass band 

attenuation -40dB. The sampling frequency, stop band 
frequency and pass band frequency for this specification 
given in Table 1. The filter order is too high, it means 
designing and implementation of large filter order required 
a greater number of component as well as degrading filter 
performances. By the above specification given in table 
1proposed a low-pass filter that is shown their gain vs. 
frequency response of low-pass filter in Fig. 4. 

Fig. 4: Gain response of low pass filter. 

Design of low pass filter using multi-rate approach, the 
specification is given in Table 2. 

Table 2. Evaluation of filter coefficients using the narrow-band 
filter existing technique as well as proposed method 

Fig. 5: Gain response of low pass filter after decimation 

Filter Parameter Direct Method 

Sampling frequency (Fs) 180 MHz 

Stopband frequency (fs) 2.5MHz 

Passband frequency (fp) 2.1MHz 

Stopband attenuation (δs) ±0.2dB 

Passband attenuation (δp) -42dB

Filter order (N) 1069 

Filter 
Par
ame
ter’s 

1st stage 2nd stage 3rd stage 

fp(MHz) 2.1 2.1 2.1 
fs(MHz) 17.5 7.5 2.5 
Fs(MHz) 60 20 10 

Filter order 
(Existing) 

42 40 261 

Filter order 
(proposed) 

11 10 61 
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Find out the filter coefficients are mandatory in the 
direction of put into operation. The narrow-band filters are 
considerably a smaller amount during multi-rate 
techniques than the straight technique. Amongst the two 
case discussed, here one is previous method designed by 
Hamming window method. The proposed approach is 
using by Kaiser Window designing method. Here 
decimation factor used D=12, that is designed in cascaded 
manner 3, 2 and 2. Therefore, it is measured downward 
sampling factor D=12 to execute the specified narrow-
band filter. In Fig. 5 it is shown that the frequency vs. gain 
response of low pass filter after decimation, by this 
response it is shown after decimation there is no effect on 
filter response. 

4. Complexity analysis
Here predictable the mandatory filter coefficient for 

mutually this method to come across the difficulty of the 
narrow-band filter. During the implementation of the 
narrow-band filter we calculate the filter coefficient of 
each block. The filter coefficient calculated the by the 
MAT LAB using Kaiser Window Function. The values 
obtain through MAT LAB. 

4.1  Structure to implement the filters 
The input and output of this filter is represented through 

the difference equation as given here 

y(n) = � h(k)𝑥𝑥(𝑛𝑛 − 𝑘𝑘)𝑀𝑀−1
𝑘𝑘=0  (8) 

Where y(n),x(n) and h(n) are the output signal, input 
signal, impulse response respectively. Symbol used in FIR 
filter structure 

Adder Multiplier Delay element 

Computations of equation (8) can be performed using 
the direct form-1 structure shown in Fig. 6. 

Fig.6: FIR direct -1 form structure. 

Table 3. Comparison of component required of the narrow-
band filter obtain by direct approaches well as multi-rate 

approach. 

From the table 3, the result is with the intention of 
number of component necessary to realize the narrow-
band filter is considerably a smaller amount in 
accomplished by multi-rate method than the direct 
technique. 

5. Conclusion
In this article, the FIR filter is designed using direct 

method and multi-rate down conversion method. Here 
compared the filter order by the existing work (Hamming 
window) method and Kaiser Window techniques. It is 
found that Kaiser Window designing method has the 
better response in direct designing and Multirate 
designing approach. The complexities are also analyzed 
using FIR filter Direct form-I method and shown that the 
component required in for structure for multi-rate design 
also less compared to direct design method. This design 
method improves the existent instance performances of 
signal processing application and mostly reduced the 
hardware requirement or FIR filter design. 
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