
 

International Journal of 

INTELLIGENT SYSTEMS AND APPLICATIONS IN 

ENGINEERING 
ISSN:2147-67992147-6799                                       www.ijisae.org Original Research Paper 

 

International Journal of Intelligent Systems and Applications in Engineering IJISAE, 2023, 11(5s), 164–172 |  164 

A MILP based Optimization and FPGA Implementation of Efficient 

Polyphase Multirate Filters 

 

1Dr Gopal S. Gawande 2Dr. Dhanraj R.Dhotre 3Dr Nitin Choubey, 4Dipali S. Mate 

 

Submitted: 28/01/2023                Accepted: 02/04/2023 

 

Abstract: Effectively implementing digital filters at cheap cost is made possible by the DSP field's multirate filtering method. By taking 

advantage of concurrency in multirate digital filters, the processing burden of polyphase decomposition techniques is reduced. Since each 

positive bit requires an extra adder in circuitry execution and more toggling at the end of CMOS circuits, reducing the number of positive 

terms in the filter coefficients is a primary focus of filter improvement. In order to lessen the quantity of nonzero factors in the filter 

coefficients, an innovative method is proposed in this article. Polyphase shapes are used to test the suggested algorithm's effects on power 

usage. The constructions are manufactured for Spartan6 xc6slx150T-4fgg676 FPGA panel consuming system generator for obtaining the 

other performance indices like throughput, speed, logic area and computation rate. In spite of occupying more area, efficient polyphase 

decimator structure is found to be superior to the polyphase and decimation structures.  

Keywords: Polyphase Structure; MILP; Power consumption; Logic area; system generator; Computation rate; Throughput . 

1. Introduction 
The conversion of sample rates is an operation that is 

important to modern Digital Signal Processing (DSP) 

programmes and is also utilised often in these programmes. 

In the vast majority of these applications, a sample rate 

converter of very high quality is needed. Interpolators and 

decimators are two types of digital signal processing tools 

that may be used to alter the sample rate of a digital signal 

[2, 9], [10]. Multirate systems are able to complete a 

processing job with better performance characteristics while 

simultaneously delivering those improved performance 

characteristics at a cost that is much lower than more 

conventional methods. When down sampling is used in a 

multirate system, a decimation filter is one of the main 

building pieces that makes up the system. The attenuation of 

undesirable aliasing is directly governed by the accuracy of 

the design of the decimation filter, making it one of the most 

important aspects of the filter. The use of polyphase 

interpolator and decimator structures makes it possible to 

execute interpolation and decimation with high levels of 

efficiency. The polyphase breakdown of the transfer function 

of the interpolation or decimation filter is what leads to the 

formation of patterns like these [1, 4]. There are a few 

different approaches that may be used when putting the 

polyphase decimation filter into action. This platform was 

used to carry out the implementation. By decreasing the 

amount of ones or power of two (POT) components in the 

filter coefficients, the dynamic power consumption in digital 

circuits may be brought down to a more manageable level. 

The price of the filter coefficient is stated as the number of 

bits in the coefficient that are not zero, also known as the 

number of ones. In this article, we provide a unique 

technique that we created in order to determine an ideal value 

of the filter coefficient in terms of cost, without 

compromising the frequency characteristics that were 

specifically required. Parameters like as speed, throughput, 

calculation rate, logic area, and power consumption are used 

in an investigation into and comparison of the performance 

of polyphase architectures. 

2. Literature Review 
S. New techniques for calculating interpolation and 

decimation of signals were presented by S. Emami [2]. [3] 

Kai-Yuan Cheng conducted a review of different designs of 

finite impulse response (FIR) digital filters, and he utilised 

numerous design techniques to decrease the complexity of 

the hardware required for low-power and high-speed 

applications. P. Jacob and colleagues came up with an 

innovative design for FIR filters, decimation filters, and 

polyphase decimation filters, and they implemented all of 

these filters using FPGA. The findings demonstrated that a 

polyphase decimation filter, in contrast to traditional filters, 

is capable of slowing down the rate at which an input data 

stream is sampled [11]. 

One of the most significant drawbacks of the FIR filter is its 
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computational complexity, which is caused by the large 

number of multiplications required. This makes the 

computational complexity of the FIR filter the most 

significant drawback. The researchers have come up with a 

few different suggestions on how to cut down on the amount 

of electricity used. These techniques optimise hardware by 

using a variety of approaches, such as reducing the total 

number of POT terms, maximising the normalised peak 

ripple, maximising the ripple optimization, and decreasing 

the amount of quantization [15, 18, 19, 20]. MILP,PP, and 

SDP are some of the methods that may be used to locate the 

best possible solution [17, 22, 24, 25]. The traditional MILP 

method has the benefit of ensuring the production of the best 

possible design (the global minimum), but it requires an 

unnecessary amount of processing time. The research that 

has been done on this topic has uncovered a number of 

different strategies that may be used to reduce the amount of 

nonzero components included in filter coefficients [16–23]. 

Finding the minimal value of the FIR filter issue may be 

expedited by the use of local search rather than global search 

to cut down on the amount of time needed for calculation of 

the MILP [26]. In the paper [6], a local search technique is 

used in order to cut down on the cost of the FIR filter. A 

unique hybrid monotonic local search method has been 

presented by Ahmed Shaheinet al. [6] for the purpose of 

optimising filter coefficients, with a significant increase in 

the rate at which computations may be performed. This 

reduction in the search space required to determine the ideal 

value of the filter coefficient was the key to achieving this 

gain in computing time. Under the framework of the 

suggested method, our goal is to reduce the amount of money 

spent on the filter coefficients. The technique for maximising 

filter coefficients using the local search strategy described in 

[6] has been simplified and implemented by our team after it 

was developed. Also, the complexity of the technique 

presented in [6] is simplified in the approach that is provided. 

3. Design and Realization of Decimation 

Filter  

It is common knowledge that a decimator has an anti-aliasing 

lowpass filter and then a downsampler as its two main 

components. It can be shown that an anti-aliasing filter has 

the transfer function H(z) given by (1). 

H(z) =
Y(z)

X(z)
= ∑ h(k) z−k 

N−1

k=0

                (1) 

The concept of the decimator may be accomplished utilising 

a variety of different architectures. Use of polyphase 

structures allows for an effective execution of this concept. 

Polyphase decomposition is a method that may split a filter 

into M-sections of sub-filters that have the capability of 

being realised in parallel [7][13]. The phase characteristics 

are the sole point of differentiation amongst the sub-filters in 

this breakdown. In an anti-aliasing filter, the coefficients 

h(k) are split into M polyphase sub-filters, each of which has 

(N/M) taps, where N is the length of the filter and M is the 

decimation factor.  

 

Fig.1. Direct form realization of E0(z2) and E1(z2) 

The next section will offer the mathematical explanation of 

the polyphase decomposition that was discussed before. 

Following is a list of words that result from expanding (1): 

H(z) =z0 h(0) + z-1 h(1) +z-2 h(2) +z-3 h(3) +z-4 h(4) + 

z-5 h(5)…. 

Let us rearranged the term into two sections: 

H(z) =[z0 h(0) + z-2 h(2) + z-4 h(4) + ….] + [ z-1 h(1) +  

z-3 h(3) + z-5 h(5)…] 

H(z) =[(z2)0h(0) + (z2)-1 h(2) + (z2)-2 h(4) + ….] 

+ z-1 [(z2)0h(1) + (z2)-1h(3)+ (z2)-2h(5)….] 

H(z)= E0(z2)+z-1E1(z2) 

where,E0(z2) = [(z2)0h(0) + (z2)-1 h(2) + (z2)-2 h(4) + ….] and 

E1(z2) = [(z2)0h(1) + (z2)-1h(3) + (z2)-2h(5)….] 

In Figure 1, we can see the direct form FIR realizations for 

both E0(z2) and E1(z2). In order to create the polyphase 

implementation of the FIR decimation filter structure, E0(z2) 

and E1(z2) may be linked in parallel, and the input will need 

to be separated by a delay. The polyphase implementation of 

a decimation filter with two portions is shown in figure 2 

below. [3] [8][12]. 

 

Fig.2. Filter for the polyphase elimination of phases 

The decimator structure seen in Fig. 2 is computationally 

inefficient since it only chooses one output sample for every 

M samples it receives from the input. It is possible to achieve 
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a high level of computational efficiency by including a down 

sampler block before the multiplier in the FIR filter structure. 

This will ensure that the processed samples are not wasted. 

Figure 3 is a block diagram that illustrates the functioning of 

the superposition principle, and Figure 4 is a schematic that 

illustrates the consequent efficient polyphase decimator [5, 

14]. 

 

Fig.3. The General Superposition Principle 

4. Performance Indices of FPGA 

Implementation 
Speed, power consumption, logic area, throughput, and 

calculation rate are the metrics that are used to evaluate the 

performance of FPGA implementations. The use of logic 

devices extracted from the FPGA fabric is what gives an 

indication of the logic area in FPGA implementations. Since 

it is a synchronous device, an FPGA has to be supplied with 

a clock signal. The clock rate is what determines how quickly 

the DSP algorithm that is implemented in FPGA can do its 

tasks. It is measured in Mega Hertz (MHz), and it is 

designated by maximum frequency (F), which is explicitly 

stated by FPGA suppliers in order to offer some indication 

of performance. The throughput () of a system may be 

determined by using the formula presented in (2). Inversely 

related to the size of the input is the total throughput, which 

is directly proportional to the operating frequency (F) and the 

degrees of parallelism (). (N). It is expressed as mega 

samples per second as a unit of measurement (MSPS). The 

calculation rate, denoted by the symbol (), is derived from a 

formula described in (3); its unit of measurement is the 

number of Mega Multiply Accumulate operations performed 

in one second (MMACPS). It has a relationship that is 

inversely proportional to the maximum clock frequency and 

the levels of parallelism (). (F) [28]. 

μ =
F ∗ α

N
                                      (2) 

 

           γ = F ∗ α                                  (3) 

I. POWER CONSUMPTION IN DIGITAL CIRCUITS 

The fabrication of digital integrated circuits often makes use 

of the CMOS technology. The entire amount of power PTotal 

that CMOS digital circuits utilise may be expressed as (4). 

𝑃𝑇𝑜𝑡𝑎𝑙 =  𝑃𝑆𝑤𝑖𝑡𝑐ℎ𝑖𝑛𝑔 +  𝑃𝑆ℎ𝑜𝑟𝑡 + 𝑃𝐿𝑒𝑎𝑘𝑎𝑔𝑒                        (4) 

where, The term 𝑃𝑆𝑤𝑖𝑡𝑐ℎ𝑖𝑛𝑔  refers to the process of 

switching power, which occurs as a result of the charging and 

discharging of capacitors that are driven by the circuit. 

𝑃𝑆ℎ𝑜𝑟𝑡is the power that is generated by the short circuit 

currents that are generated when pairs of PMOS/NMOS 

transistors are conducting simultaneously. 𝑃𝐿𝑒𝑎𝑘𝑎𝑔𝑒is the 

power that is generated by the leakage that is induced by 

substrate injection and sub-threshold effects. In the article, 

our primary goal was to determine how to reduce the 

switching power (Dynamic) of a CMOS circuit (referred to 

in 5) [27]). 

Pswitching =
1

2
× CL × VDD

2 × fclock

× ESW                                (5) 

where CL represents the gate's output load, VDD represents 

the supply voltage, fclockrepresents the clock frequency, and 

ESW refers to the switching activity of a gate. By lowering 

the number of POT terms and, as a result, the number of 

adders in the hardware implementation, dynamic power 

consumption is lowered as well. 

 

Fig. 4. Efficient Polyphase decimation filter 

5. Proposed Algorithm for Coefficient 

Optimization 

Finding ideal values of the filter coefficients while incurring 

the lowest possible cost is the primary purpose of the method 

that has been developed. The algorithm begins its search for 

the best value for each coefficient by first determining the 

minimum and maximum values for that coefficient. The 

objective of the coefficient optimization issue is stated in (6) 

with the caveat that it is subject to the constraints stated in 

(7). 
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Minimize ∑ cost( ĥ(k))

M1

k=1

                                                  (6) 

Subject to: 

{(1 − δp) × 2Q−1} ≤ Â(ω) ≤ {(1 + δp) × 2Q−1}  ;   ωT

∈ [0, ωp] 

−(2Q−1 × δs) ≤ Â(ω) ≤ (2Q−1 × δs) ;   ωT

∈ [ωs, π]                    (7) 

Where (k) represents the scaled coefficients that were 

acquired from the quantized filter coefficients h(k) by 

applying the scaling factor, (8). () is the scaled zero-phase 

resonance response or the amplitude of the phase-locked FIR 

filter, and it can be calculated by using the following 

formula: (9). It is a real number that represents the amplitude 

of the Fourier transform of k's Fourier coefficients [6, 23]. 

Quantization bit breadth is denoted by Q, and passband 

ripple, stopband ripple, standardized passband edge velocity 

in radians per sample, and adjusted stopband edge frequency 

in radians, or per sample are correspondingly passband 

noise, stopband ripple, and generalized passband edge 

velocity in radians per example. 

ĥ(k) =  ⌊h(k) × 2(Q−1) + 0.5⌋;                  h(k) > 0 

          =   ⌈h(k) × 2(Q−1) − 0.5⌉;                  h(k) < 0 

          =   0;                                                        h(k)

= 0          (8) 

�̂�(𝜔) = ∑ ℎ̂(𝑘) × 𝑐(𝑘, 𝜔𝑇)

𝑀

𝑘=1

                            (9) 

From the theory of Fourier transform, constant c(k,ωT) for 

odd filter length is given by (10) while for even filter length 

it is given by (12). Due to symmetry only half of the filter 

coefficients (M1) are considered for computation and is 

given by (11) for odd filter length and by (13) for even filter 

length.  

For odd filter length,  

𝑐(𝑘, 𝜔𝑇) = 𝑥(𝑘) × cos(𝜔𝑇(𝑘 − 1)) (10) 

where, 

𝑥(𝑘) = {
1;            𝑘 = 1                 
2;          𝑘 = 2,3, … , 𝑀1

 

and 

                 𝑀1 = ⌊((
𝑁

2
) + 1)⌋                                   (11) 

For even filter length, 

𝑐(𝑘, 𝜔𝑇) = 2 × cos(𝜔𝑇(𝑘 − 1)) ; 𝑘

= 1,2,3, … … , 𝑀1  (12) 

and 

𝑀1 = ⌊(
(𝑁 + 1)

2
)⌋                                                    (13) 

The amount of time required for calculation can be decreased 

by narrowing the search space to locate the best number for 

each coefficient. Therefore, the upper limit (Ub) and the 

lower bound (Lb) are computed for each coefficient k by 

using the equations (14) and (15) in the appropriate places 

[6].  

𝐿𝑏(ℎ̂(𝑘))

= {

    2𝐿 ,  𝐿 = ⌊log2(|ℎ̂(𝑘)|)⌋    ℎ̂(𝑘) > 0

−2𝐿 ,  𝐿 = ⌊log2(|ℎ̂(𝑘)|)⌋,    ℎ̂(𝑘) < 0

  0  ,                                   ℎ̂(𝑘) = 0

           (14) 

Ub(ℎ̂(𝑘))

= {

2𝑈 ,   𝑈 = ⌈log2(|ℎ̂(𝑘)|)⌉ ,   ℎ̂(𝑘) > 0         

 −2𝑈 ,  𝑈 = ⌈log2(|ℎ̂(𝑘)|)⌉,    ℎ̂(𝑘) < 0        

0  ,                                           ℎ̂(𝑘) = 0     

(15) 

The proposed algorithmic steps for minimizing cost of filter 

coefficients are as follows: 

Step 1: Specifications for the input filter (Low pass), 

including the passband edge fraction (Fp) in Hertz, the 

stopband edge fraction (Fst) in Hertz, the passband 

attenuation (Ap) in dB, the stapband attenuation (As) in dB, 

the sampling frequency (Fs) in Hertz, Q and N. Using the 

formula presented in (16), obtain the normative passband 

edge digital frequency (p) from its analog cousin (Fp). 

Similarly, the generalized passband edge the internet 

frequency (s) is to be formula presented in (16). 

𝜔𝑝  = (2 ×
𝐹𝑝

𝐹𝑠

) 𝜋                                   (16) 

Step 2: Determine the values of the variable-valued filter 

coefficients utilizing the optimum filter design methodology 

that is applicable. 

Step 3: These coefficients should be quantized and rounded 

off before being reduced to a defined amount of bits.(Q). 

Step 4: In order to achieve, we scaled up the coefficients of 

the coefficients. ĥ(k) using (6). 

Step 5: Perform the binary conversion on all of the k and 

then tally up the expenses. It is presumed that the cost of each 

coefficient is the highest possible cost for that particular 

coefficient, and this cost is represented by the symbol m. 

Step 6: Define a search space that is limited by the 

antecedent lower limits Lb((k)) and subsequent higher 

constraint Ub((k)) integers for the scalable parameter (k) that 

is obtained by using solutions (14) and (15) correspondingly. 

This will allow you to find the optimum replacement for a 

filter variable.  
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Step 7: Determine the evolution vector EVL((k), with the 

goal of producing a collection of potential integers with a 

cost that is lower than m for each component that has been 

limited by the lower and higher limits that were allocated in 

the stage before this one.  

Step 8: Create groups out of the collection of potential 

integers Ci((k)) based on their prices; that is, integers that 

share the same price must be included in the same group. 

Where, i is between zero and (m-1). 

Step 9: Now, attempt each option from Ci(k) one at a time 

to see whether they fulfil the criteria outlined in (7) for the 

grid of T's possible values. If it fulfils the conditions, the 

procedure should be terminated, and you should consider 

that value to be the best possible one for that specific 

coefficient. In the event that none of the possible integer 

values are able to fulfil the requirements, the initial 

coefficient should be kept. '(k) opti' is where you should store 

the optimised coefficients. This process will continue until 

the optimum replacements have been found for all of the 

coefficients.  

Step 10:Convert ĥ(k)_opti to h(k)_opti using (17). 

ℎ(𝑘)_𝑜𝑝𝑡𝑖 =
ĥ(𝑘)_𝑜𝑝𝑡𝑖

2𝑄−1
                  (17) 

So, all the optimized coefficients are stored in h(k)_option. 

6. Implementation 
MATLAB 2013a was used during the development of the 

unique reduced local search method for coefficient 

optimization that was suggested. The Equiripple FIR filter 

design approach was used during the development of the 

anti-aliasing filter. The Filter Design and Analysis (FDA) 

Tool tool in MATLAB is used to acquire the floating point 

coefficients. After that, the coefficients are quantized to the 

standard 16.14 fixed point forms. The technique employs a 

tactic that involves building a filter with a stopband 

attenuation value that is marginally higher than the one that 

is wanted. For instance, if the target stopband attenuation is 

-57 dB, then the filter should be constructed for -60 dB, and 

then a flexibility of 3 dB should be allowed for optimization 

purposes. It was determined from the results that were 

provided by the previous researchers [6] that the stopband 

attenuation could tolerate a relaxation of 3 dB. In order to 

ensure that the filter criteria are met to the letter, the 

conditions described in number five need to be validated 

over a fine grid of temperature values. In the approach that 

has been presented, these conditions are examined using a 

fine grid with 1024 values of T ranging from 0 to while 

simultaneously determining the best value for each 

coefficient. 

The performance of several polyphase structures is 

evaluated and compared using the Xilinx system generator, 

which is a block-level simulation tool. The decimation filter 

architectures are then generated for the Spartan 6 FPGA 

board. The Xilinx system generator makes it possible to 

programme Xilinx devices by using simulink, which is an 

environment for MATLAB programming that is widely used 

and known for its ease of use. It is a high level design tool 

that works very well for the purpose of generating bespoke 

DSP data routes in FPGAs. It offers a collection of simulink 

blocks (models) for a number of different hardware 

operations that might be carried out on a variety of Xilinx 

FPGAs. 

7. Results and Discussions 
Two decimators have been created specifically for the 

requirements outlined in Table 1. It is clear from looking at 

Table 3 that the polyphase decimation filter takes the least 

amount of logic space. As compared to polyphase 

decimation filter, an efficient polyphase filter uses 22 percent 

more FFs, 0.7 percent more LUTs, and 5.4 percent more 

slices. Although though there was only a little increase in the 

amount of logic area, the speed, throughput, and calculation 

rate of the efficient polyphase decimation filter for Filter 1 

were all significantly boosted. It is clear from looking at 

Table 6 that the power consumption for Filter1's efficient 

polyphase structure is at its lowest possible level. The 

application of optimised coefficients to these structures 

results in a further decrease in the amount of power that is 

used. In the event that Filter 1 uses an efficient polyphase 

filter, this value is decreased by about 31 mW. 

In addition to that, the synthesis is carried out for Filter 2, 

and the same kinds of outcomes are acquired. Table 4 

presents the results of a comparative investigation of the 

highest frequency, throughput, and calculation rate. As can 

be shown in Table 5, an efficient polyphase decimation filter 

utilises (23.21%) more FFs, (3.5%) more LUTs, and (6.7%) 

more slices than the construction of a polyphase decimation 

filter. When we applied the optimised coefficients to the 

decimation Filter 2, using the structures that were described, 

we saw a reduction in the amount of power that was being 

used that ranged from 3 to 11 mW. 

TABLE 8 presents the quantized and optimised coefficients 

that were obtained by applying the suggested approach to 

Filter 1. Also included is the cost of these coefficients. It has 

been discovered that the total price of the decimator has 

dropped from 192 to 179. Figure 5 shows the frequency 

response of the decimator both with and without optimised 

coefficients. This ensures that the necessary filter parameters 

are met. 

Table 1. Specifications of decimation filters 

Filter M ωp 

(radians/sa

mple) 

ωs 

(radians

/sample) 

Ap 

(dB) 

As 

(dB) 

N 
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Filter 

1 

3 0.1428 π 0.3334 

π 

1 -58.0 21 

Filter 

2 

4 0.1071428 

π 

0.25 π 1 -56.25 28 

Table2. Performance indices of filter 1 

Performance 

indices 

Decim-

ation 

Filter 

Polyphase 

Decimation 

Filter 

Efficient 

Polyphase 

Decimation 

Filter 

Maximum 

Frequency  

(MHz) 

 

43.169 

 

98.164 

 

111.794 

Throughput 

(MSPS) 

 

2.05 

 

14.023 

 

15.971 

Computation 

Rate 

(MMACPS) 

43.169 294.492 335.382 

Table3. Logic devices utilization for Filter 1 

Logic 

devices 

Decimatio

n Filter 

Polyphase 

Decimatio

n Filter 

Efficient 

Polyphase 

Decimatio

n Filter 

No. of slice   

registers/FF

s 

1376 1364 1754 

No. of slice 

LUTs 

7381 7229 7282 

No. of slices 

occupied 

2048 2004 2120 

Table4.Performance indices for Filter 2 

Performanc

e indices 

Decimatio

n Filter 

Polyphase 

Decimation 

Filter 

Efficient 

Polyphase 

Decimatio

n Filter 

Maximum 

Frequency  

(MHz) 

30.646 84.239 107.204 

Throughput 

(MSPS) 

1.09 12.034 15.315 

Computatio

n Rate 

(MMACPS) 

30.646 336.956 428.816 

Table5. 

Logic 

devices 

utilization 

for Filter 

2Logic 

devices 

Decimatio

n Filter 

Polyphase 

Decimation 

Filter 

Efficien

t 

Polyph

ase 

Decima

tion 

Filter 

No. of slice   

registers/F

Fs 

1835 1766 2300 

No. of slice 

LUTs 

9941 9367 9710 

No. of 

slices 

occupied 

2738 2600 2789 

Table 6. Power Consumption by Polyphase Decimation 

Structures for Filter 1 

Power 

consumption 

(mW) 

Decimati

on filter 

Polyphase 

decimation 

filter 

Efficient 

polyphase 

decimation 

filter 

Without 

optimized 

coefficients 

268 251 214 

With 

optimized 

coefficients 

264 251 183 

 

TABLE 7. POWER CONSUMPTION BY POLYPHASE 

DECIMATION STRUCTURES FOR FILTER 2 

Power 

consumption 

(mW) 

Decimati

on filter 

Polyphase 

decimation 

filter 

Efficient 

polyphase 

decimation 

filter 

Without 

optimized 

coefficients 

287 260 229 

With 

optimized 

coefficients 

276 252 226 
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8. Conclusion 

It is clear, based on the findings of the synthesis performed 

for Filter 1 and Filter 2, that the power consumption of an 

efficient polyphase decimation filter is much lower in 

comparison to that of the other structures. Using the 

suggested method results in a further decrease in the amount 

of electricity that is used. So, it is possible to draw the 

conclusion that the suggested method has the effect of 

reducing the total number of ones. Because of this decrease 

in POTs, there will surely be less switching activity in 

CMOS and fewer adders in the hardware implementation, 

which will result in a large reduction in the amount of power 

that is used dynamically. In comparison to all of the previous 

decimation filter designs, the polyphase decimation filter 

structure has consumed a less amount of logic space. The 

efficient polyphase decimation filter structure is preferable 

than the basic polyphase decimation filter structure because 

it has greater speed, a higher computation rate, and a higher 

throughput. This is true despite the fact that it occupies a little 

larger logic space. It has been discovered that an efficient 

decimation filter structure is a more power-efficient 

realisation.  
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Fig.5. Frequency response of decimation filter with and without optimized coefficients 

TABLE 8. 

COMPARISON OF OPTIMIZED AND UNOPTIMIZED COEFFICIENTS 

Quantized 

coefficients (16:14 

format) 

Unoptimized 

Scaled Coeff. 

Cost Optimiz

ed 

Scaled 

Coeff. 

Cost Optimized Coefficient 

-

0.003662109375000 

65415 12 65415 12 -0.003662109375 

-

0.010314941406250 

65197 12 65197 12 -0.01031494141 

-

0.019348144531250 

64901 10 64900 09 -0.01937866211 

-

0.025939941406250 

64685 11 64684 10 -0.02597045898 

-

0.022705078125000 

64791 11 64792 09 -0.02267456055 

-

0.002258300781250 

65461 13 65460 12 -0.002288818359 

0.038085937500000 1248 04 1248 04 0.0380859375 

0.093566894531250 3066 09 3066 09 0.09356689453 

0.151611328125000 4968 06 4968 06 0.1516113281 

0.195800781250000 6416 04 6416 04 0.1958007813 

0.212341308593750 6958 08 6944 05 0.2119140625 

0.195800781250000 6416 04 6416 04 0.1958007813 

0.151611328125000 4968 06 4968 06 0.1516113281 

0.093566894531250 3066 09 3066 09 0.09356689453 

0.038085937500000 1248 04 1248 04 0.0380859375 

-

0.002258300781250 

65461 13 65460 12 -0.002288818359 

-

0.022705078125000 

64791 11 64792 09 -0.02267456055 

-

0.025939941406250 

64685 11 64684 10 -0.02597045898 

-

0.019348144531250 

64901 10 64900 09 -0.01937866211 

-

0.010314941406250 

65197 12 65197 12 -0.01031494141 

-

0.003662109375000 

65415 12 65415 12 -0.003662109375 
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