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Abstract— In modern world there is a need for low power 

digital end design and area efficient low power, high 

performance in Digital signal Processing system. Power 

minimization is one of the important factors in today VLSI 

design methodologies because of two main reasons one is 

the operating life of the battery in portable devices and 

mobiles. The second reason is due to the increasing number 

of transistors on a single chip results in high power 

dissipation and it can lead to reliability. Recent advances in 

mobile computing and multimedia applications demand 

high-performance and low-power VLSI digital signal 

processing (DSP) systems. One of the most widely used 

operations in DSP is finite-impulse response (FIR) filtering. 

In the integrated circuit design the packaging problems is a 

major element to minimize the energy consumption in 

system. Hence it is important to track the system 

continuously with respect to time, the minimum operating 

voltage of digital circuits which in turn depends upon the 

systems working logics with conventional and logical 

design. In this regard, as a preliminary work 32 Tap FIR 

filter that includes adder, multiplier and a D flip flop as a 

delay element was designed and tested with the parameters 

such as delay, power and number of flip flops. The FIR 

filters were implemented using 8 bit input word length and 

8-bit coded coefficients. This design presents the 

conventional 32 Tap Finite Impulse Response filter and it is 

synthesized in Xilinx design tool. 
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I. INTRODUCTION 

Digital filtering techniques is used to suppress noise, 

enhance signal in selected frequency ranges, constrain 

bandwidth, remove or attenuate specific frequencies and 

other special operations. Digital filters are classified into 

finite impulse response (FIR) and infinite impulse response 

(IIR) filters. FIR digital filters can have exactly linear phase 

response and a very regular architecture, and suffer less 

from the effects of finite word length as compared with IIR 

digital filters. Area, delay (performance) and power are the 

three important design constraints for designing an 

embedded real-time digital signal processing systems. The 

area constraint is imposed primarily by considerations of 

cost. 

Area efficient implementation results in a smaller 

die size and hence becomes more cost effective. It also 

enables integrating more functionality on a single chip. The 

performance requirements of a system are driven by its data 

processing needs. For DSP systems, throughput is the 

primary performance criterion. The performance constraint 

is thus dependent on the rate at which the input signals are 

sampled and on the complexity of processing to be 

performed. Low power dissipation is a key requirement for 

portable, battery operated systems as it extends battery life. 

For the requirement of high-speed and low-power 

applications, the development and implementation of high-

speed FIR digital filters need both increased parallelism and 

reduced complexity in order to meet both sampling rate and 

power dissipation goals. In this thesis, FIR filter is designed 

based on RNS to achieve high speed operation. Bottom-up 

design flow is used for maximum circuit performance, 

minimum design size, and minimum high-volume 

production cost. 

II. FIR FILTER 

Digital filters are used in a wide variety of signal processing 

applications, such as spectrum analysis, digital image 

processing, and pattern recognition. Digital filters eliminate 

a number of problems associated with their classical analog 

counterparts, and thus are often used in place of analog 

filters. The most common digital filters belong to the class 

of discrete-time LTI (linear time invariant) systems, which 

are characterized by the properties of causality, reusability, 

and stability [1]. They can be characterized in the time 

domain by the unit-impulse response and in the z-transform 

domain by the transfer function. A unit-impulse response 

sequence of a causal LTI system can be either finite or 

infinite in duration. This property determines their 

classification as either a finite impulse response (FIR) or an 

infinite impulse response (IIR) system. To illustrate this, 

consider the most general case of a discrete time LTI system 

with the input sequence denoted by x(kT)and the resulting 

output sequence y(kT) given by: 
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The corresponding transfer function in the Z-

domain is given by: 
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If at least one denominator coefficient anis nonzero, 

then system is recursive (its current output depends on 

previous output values), and as a result its impulse response 

is of infinite duration (IIR system). If all denominator 

coefficients are zero (polynomial of order 0), the 

corresponding system is non-recursive (FIR system), and its 

impulse response is of finite duration. The transfer function 

of Eq. (2) in this case becomes a polynomial of finite order 

M-1: 
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The corresponding FIR difference equation in time 

domain is: 
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As with analog filter design, the general shape of 

the frequency response is often the criteria in discrete filter 
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design.  Recall the frequency response for continuous-time 

systems was obtained by evaluating the transfer function on 

the jaxis, similarly for the discrete case the transfer 

function in z is evaluated over the unit circle. In this case 

substitute z = exp (j/s) where s is the sampling 

frequency in radians per second. Therefore, the frequency 

response of an FIR filter is given by 
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Note that even though the time domain is discrete, 

the frequency response is continuous (defined for all); 

however, it is periodic with period s due to the periodic 

behavior of the complex exponential and consistent with the 

concept of aliasing. 

The design of digital filters involves determining 

the filter order (M) and computing the values of the 

coefficients (bi‟s in the above equations) to achieve the 

desired filter response. The desired response can be 

specified in the frequency domain in terms of the magnitude 

response and/or the phase response.  It can also be specified 

in terms the impulse response.  Once filter coefficients are 

computed, the filter performance must be analyzed to verify 

the filter meets the specifications. 

III. DESIGN 

A. Conventional FIR filter 

 
Fig. 1: N Stage FIR filter design 

The signal flow diagram shown in figure 1 illustrates the 

algorithm and suggests an architecture using the elements 

created above. The word delays are inserted for the „Z‟ 

delay blocks. The multiplications shown in the flow graph 

correspond to the serial by parallel multipliers with their 

Parallel inputs programmed with the value of the associated 

coefficient [3]. A separate word delay and multiplier are 

used for each tap in the filter. 

B. Standard 3-Tap FIR Filter 

 
Fig. 2: 3 Stage standard FIR filter design 

In standard 3 tap FIR filter the delay element D flip flop is 

added in the initial data path before the multiplication 

operation. 

C. Transposed FIR Filter 

 
Fig. 3: 3 Stage Transposed FIR filter design 

In standard 3 tap FIR filter the delay element D flip flop is 

added in the initial data path before the multiplication 

operation. 

 

Fig. 4: Data path 

The speed of the filter is defined as the rate at 

which input samples can be processed. To increase the 

speed it is necessary to reduce the critical path between 

input and output. The critical path is defined to be the path 

with the longest computation time among all paths that 

contain zero delays. For 3-tap FIR filter, the critical path 

delay is (Tm+2Ta).  

Pipelining reduces the effective critical path by 

introducing pipelining latches along the data path. The 

critical path is now reduced from Tm+2Ta to Tm + Ta shown 

in fig (2 and 3). In this arrangement while the left adder 

initiates the computation of the current iteration the right 

adder is completing the computation of the previous 

iteration result. 

 
Fig. 5: 2-level pipelined structure 

D. 2's Complement 

To calculate the 2's complement of an integer, invert the 

binary equivalent of the number by changing all of the ones 

to zeroes and all of the zeroes to ones (also called 1's 

complement), and then add one to the obtained result. It 

results in 2‟s complement. The 1‟s and 2‟s Complement of 

the following examples are described. The reason we tend to 

use 2‟s complement numbers is that traditional binary 

addition works exactly the same as long as the result is in 

the range of representation. We just lop off any extra bits. 

For the following problems add the values as if they were 

unsigned numbers, only keeping the first four digits.   

1) Example binary input: 10000000 

1‟s complement of 10000000 is represented by 11111111 – 

10000000 = 01111111 (Or) 

1‟s complement of 10000000 = 01111111 

2‟s complement of 10000000 = 01111111+1, The result 

shows digit as 10000000. 

Another FIR filter known as transpose or data-

http://academic.evergreen.edu/projects/biophysics/technotes/program/2s_comp.htm#notes
http://academic.evergreen.edu/projects/biophysics/technotes/program/2s_comp.htm#notes
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broadcast structured shown in fig 4. The critical path of the 

filter of fig 5 can be reduced without introducing any 

pipelining latches by transposing structure. Now the 

propagation delay is (Tm + Ta). Figure 6 shows the 32 Tap 

FIR filter [4] design with tree structure, with combined 

adder design with stage by stage design. The conventional 

design is based on simple and energy efficient design. 

Hence for implementing the filter in arithmetic and logical 

design it is very useful to synchronize the input Xin to output 

Y(n). 

Design consists of Delay Flip flop design for single 

delay element and stage by stage the signal is processed by 

adding the multiplied coefficients and input data. The 

coefficients which are in negative then it will be converted 

to 2‟s complement and result will be added. Each stage is 

delayed and processed. When designing the digital 

integrated circuits with a (hardware description language) 

VHDL or verilog, the designs are converted at a higher level 

of abstraction than logic families or logic gate level model. 

In HDLs the designer declares the registers. The code will 

be converted and describes the internal combination logic by 

using constructs that are familiar from programming 

languages such as if-then-else and arithmetic operations. 

This level is known as register-transfer level. 

 
Fig. 6: 32 Tap FIR filter design 

IV. XILINX ISE 

Xilinx ISE (Integrated Software Environment) is a software 

device which produced by synthesis and analysis of HDL 

designs, it can perform timing analysis which can be 

perform enabling the developer to synthesize designs, to 

inspect RTL diagrams, simulate a proposal's reaction to 

altered stimuli, and configure the target device with the 

programmer. The Xilinx ISE is a complete FPGA/CPLD 

programmable logic design suite providing[8]: - 

Programmable specification of logic through representation 

of capture or Verilog/VHDL - To Synthesis and Place & 

Route of identified logic for various Xilinx FPGAs and 

CPLDs - To provide the timing simulation and Functional 

simulation - To Copy of structure data into goal device 

through communications cable The Xilinx ISE Design Suite 

offers an integrated flow with the ISE Simulator (ISim) 

which can allows simulations to launch directly from the 

Project Navigator (ISE). All simulation commands that 

prepare the ISim simulation are generated by ISE Project. 

The Xilinx ISE Simulator is a Hardware Description 

Language (HDL) simulator that allows the computer 

operator to execute behavioral, functional and timing 

simulations for VHDL, Verilog and mixed-language 

designs. 

The I Sim Graphical User Interface comprises the 

toolbars, wave window, status bar and the panels. From the 

main window we can vision the simulation visible shares of 

the design add and vision signals in the wave window, 

employ I Sim instructions to run the simulation program and 

to observe the design, and debug necessary. Xilinx offers 

power approximation tools like Xilinx Power Estimator 

(XPE) and Xilinx Power Analyzer (XPA). For the 

application of pre-implementation device, in early stages 

XPE can be used in to design cycle after the RTL 

explanation of the design is partial. After completion of 

implement part the XPA device can be used to more 

accurate approximations and power enquiry. XPE shows 

tabs for each type of module in device architecture. 

Depending upon The number of tabs showed in XPE will 

differ provisional on the device architecture. 

V. RESULTS AND DISCUSSION 

FIR Flip flops Power (w) Gate Delay (ns) 

4 Tap 55 0.034 4.040 

8 Tap 96 3.517 2.910 

32 Tap 248 3.520 2.910 

Table 1: Comparison Table 

The comparisons result shows the conventional FIR filter 

construction based on the power, area and gate delay. The 

transposed FIR filter is designed by using RTL design flow 

with the help of VHDL language to verify and synthesis the 

functionality of digital filter. Since result shows the gate 

delay of 32 Tap FIR Filter and 8 Tap FIR filters both same, 

even though the internal flip flop ranges are varied. From 

comparison power result shows the 0.003 watts difference 

between 8 Tap filter and 32 Tap filter. 

 
Fig. 7: Power report for 32 Tap FIR filter design 

 
Fig. 8: Gate delay for 32 Tap FIR filter design 
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Fig. 9: Output result for 8 Tap FIR filter design 

 
Fig. 10: Output result for 32 Tap FIR filter design 

The figure 8 shows the gate delay 2.910ns and 

figure 9 & figure 10 shows the data processed varies with 

respect to clock signal and data input signal as well as input 

coefficients. The multiplier blocks and adder blocks are 

constructed using the signal coefficients. The signed bit 

representation of each bit is complemented by using 2‟s 

complement method. 

Figure 6 shows a 32-tap FIR filter. It consists of 32 

8-bit multipliers, 31 adders ranging from 16 to 19 bit, and 31 

single unit delay elements, which totals to 21020 gates. The 

power consumed by the FIR filter was modeled by testing 

the multiplier under several input combinations. The first 

input combination was having the multiplier fixed to 0×01 

and the multiplicand swinging between 0×19 and 0×00 on 

every clock cycle. This refers to be swinging input case in 

Table I and is used to estimate the maximum possible power 

consumption of FIR structure.  

 
Fig. 11: RTL View –D Flip Flop Design 

Digital filters are widely used in Digital 

communications and audio/video processing. In particular, 

finite impulse response (FIR) filters are used for their ease 

of implementation and stability. 

VI. CONCLUSION 

A low-power, high-throughput, and low-area 

implementation of 4, 8 and 32 TAP FIR filter based on 

transposed structure with a comparison of all stages is 

discussed here. The delay elements in-between the 

multiplier and adder are constructed based on D flip flop 

design. The total FIR design is designed up to 32 tap FIR 

filter with a delay 2.910ns and power 3.50W designed in 

Xilinx 14.2 suite. The performance of the processor depends 

on the data-path which in turn depends on the individual 

units such as the adder. Thus there is a necessity to make a 

minimized structure to improve the performance of the 

adder. It is very well known that the FIR filter consists of 

Delay elements, Multipliers and Adders. Because of usage 

of Multipliers in conventional design methodology gives 

rise to 2 demerits that are: Increase in Area and Increase in 

the Delay which ultimately results in low performance (Less 

speed). To reduce the number of adders and multipliers, 

array multipliers can be used. Thus the performance of FIR 

filter is improved.  
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