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I. INTRODUCTION  

A filter is used to remove some component or modify some characteristic of a signal, but often the two terms are used 

interchangeably. A filter is a device or process that removes some unwanted component or feature from a signal [1]. 

Filtering is a class of signal processing, the defining feature of filter being the complete or partial suppression of some 

aspect of the signal. 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 [2]. 
 

 
Fig. 1. Block diagram of basic filter 

Fig. 2.  

A filter is an electrical network that alters the amplitude and/or phase characteristics of a signal with respect to frequency. 

Ideally, a filter will not add new frequencies to the input signal, nor will it change the component frequencies of that 

signal, but it will change the relative amplitudes of the various frequency components and/or their phase relationships. 

Filters are often used in electronic systems to emphasize signals in certain frequency ranges and reject signals in other 

frequency ranges. There are two main kinds of filter, analog and digital. 

a) Analog filters 

b) Digital filters 

 

A. ANALOG FILTER 

An analog filter has an analog signal at both its input x(t) and its output y(t). Both x(t) and y(t) are functions of a 
continuous variable time (t) and can have an infinite number of values. An analog filter uses analog electronic circuits 

made up from components such as resistors, capacitors and op amps to produce the required filtering effect. Such filter 

circuits are widely used in applications such as noise reduction, video signal enhancement, graphic equalizers in hi-fi 

systems, and many other areas. At all stages, the signal being filtered is an electrical voltage or current which is the direct 

analogue of the physical quantity (e.g. a sound or video signal or transducer output) involved. 

 

B. DIGITAL FILTER 

In the electronic industry, there is a device known as Digital filters which are capable of taking digital input, process them 

and provide digital output[4]. 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. Digital filters [5] 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 preferably used in place of analog filters. The analog input signal must first be 

sampled and digitized using an ADC (analog to digital converter). The resulting binary numbers, representing successive 

sampled values of the input signal, are transferred to the processor, which carries out numerical calculations on them. Fast 
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DSP processors can handle complex combinations of filters in parallel or cascade (series), making the hardware 

requirements relatively simple and compact in comparison with the equivalent analog circuitry. 

 

C.  BASICS OF DIGITAL FILTER 

A digital filter is simply a discrete-time, discrete-amplitude convolved. Basic Fourier transform theory states that the 

linear convolution of two sequences in the time domain is the same as multiplication of two corresponding spectral 
sequences in the frequency domain. Filtering is in essence the multiplication of the signal spectrum by the frequency 

domain impulse response of the filter [6]. 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. This is in contrast to the other major type of 

electronic filter, the analog filter, which is an electronics circuit operating on continuous time analog signals. An analog 

signal may be processed by digital filter by first being digitized and represented as a sequence of numbers, then 

manipulated mathematically, and then reconstructed as a new analog signal. In an analog filter, the input signal is directly 

manipulated by the circuit [7]. Digital filters are very important part of DSP. In fact, their extraordinary performance is 

one of the key reasons that DSP has become so popular. The filters have two uses: signal separation and signal restoration. 

Signal separation is needed when a signal has been contaminated with interference, noise, or other signals. For example, 

imagine a device for measuring the electrical activity of a baby's heart while still in the womb. The raw signal will likely 

be corrupted by the breathing and heartbeat of the mother. A filter might be used to separate these signals so that they can 

be individually analyzed. Signal restoration is used when a signal has been distorted in some way. For example, an audio 
recording made with poor equipment may be filtered to better represent the sound as it actually occurred. Another 

example is the deblurring of an image acquired with an improperly focused lens, or a shaky camera [3]. A digital system 

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 microprocessors implement the digital filter by 

performing the necessary mathematical operations on the numbers receives from the ADC. In some high performance 

application, an ASIC or FPGA is used instead of a general purpose microprocessor, or a specialized DSP with specific 

parallel architecture for expediting operations such as filtering [7]. 

 

 
Fig. 3. Block Diagram of Digital Filter. 

 

Digital filters may be more expensive than an equivalent analog filter due to their increased complexity, but they make 

practical many designs that are impractical or impossible as analog filters. Since digital filters use a sampling process and 

discrete-time processing, they experience latency (the difference in time between the input and the response), which is 

almost irrelevant in analog filters. The cut-off frequency of the pass-band is a frequency at which the transition of the 

pass-band to the transition region occurs. The cut-off frequency of the stop-band is a frequency at which the transition of 

the transition region to the stop-band occurs. 

 

D. LINEAR TIME-INVARIANT DIGITAL FILTERS 

Linear time-invariant (LTI) [3] filters are a class of filters whose output is a linear combination of the input signal samples 

and whose coefficients do not vary with time. The linear property entails that the filter response to a weighted sum of a 
number of signals, is the weighted sum of the filter responses to the individual signals. This is the principle of 

superposition. The term time invariant implies that the filter coefficients and hence its frequency response is fixed and 

does not vary with time. The characteristic of a filter is completely determined by its coefficients. For a time-invariant 

filter the coefficients are constants calculated to obtain a specified frequency response.  Since from Fourier transform a 

signal is a weighted combination of a number of sine waves, it follows from superposition principle, that in frequency 

domain linear filtering can be viewed as linear combination of the frequency constituents of the input multiplied by the 

frequency response of the signal. 

 

II. NEED OF WORK 

Due to the high performance requirements and the increasing complexity of DSP and multimedia communication 

applications, filters with a large number of valves are needed to increase performance in terms of high sampling rate. As a 
result, filtering operations are intensive in calculation and more complex in terms of material requirements. FIR filters 

perform weighted summations of input sequences with constant coefficients in most signal processing and multimedia 

applications. These filters are widely used in video convolution functions, preconditioning signals and other 

communication applications. The reduction in the complexity of the calculation leads to an increase in performance, in 

terms of speed, surface area and power. Conscious high-speed, low-surface, and energy-efficient design techniques in 

System on Chip include efforts at all levels of abstraction. One way to efficiently incorporate a high-performance design 

technique is to implement IP kernels [4]. These nuclei have major advantages. Reusability through models, Reduction in 
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design effort, Shorter time to market, The drawback of FIR filters is that they require a high order. The higher order 

requires more material, surface and power consumption. To minimize these parameters, our goal is to set up an effective 

filter efficient in digital systems. By reducing the arithmetic in terms of multipliers, our goal is to reduce the parameters, 

namely material, surface and power. This is the ultimate goal of implementing an efficient FIR filter and, therefore, the 

Distributed Arithmetic algorithm is used for the implementation of the large FIR filter. The FIR filter is incorporated with 

a multiplicative and cumulative unit. The purpose of multiplication and cumulative unity is to multiply the input with 
constant coefficients, to shift and then add them. This process is repeated until all partial products produce output after 

accumulation. This increases the complexity of the hardware because a simple multiplier circuit is used. The idea is to 

bypass or replace the operations of multiplication and lag by less complex operations. Distributed Arithmetic (DA) 

algorithm can be used to replace the cumulative and cumulative unit. The DA algorithm actually uses a lookup table to 

store constant coefficients. Thus, the use of look-up tables reduces the complexity of the equipment and, therefore, the 

new design is more efficient in terms of less surface area, more speed and low energy consumption. The reference core of 

the FIR filter uses a single MAC (Multiply-acumulator). We have replaced the MAC by the reference core of the FIR 

filter with the DA algorithm. 

 

III. METHODOLOGY FOR DESIGNING THE HIGH SPEED AND LOW POWER FIR FILTER 

Flow Chart for designing the high speed and low power FIR filter is shown in figure 3.1. 

 
Fig. 4. Flow Chart of the Purposed Method 

Fig. 5.  

The steps for designing the high speed and low power FIR filter algorithm is as follows:-  

Filter Specification: This may include stating the type of filter, for example low-pass filter, the desired amplitude and/or 

phase responses and the tolerances, the sampling frequency, the word length of the input data. In this thesis we are using 

band pass filter. 

Filter Coefficient Calculation: The coefficient of a transfer function h(z) is determined in is this step, which will satisfy 

the given specifications. The choice of coefficient calculation method will be influenced by several factors and the most 

important are the critical requirements i.e. specification. The window, optimal and frequency sampling method are the 

most commonly used. 

Realization: This involves converting the transfer function into a suitable filter network or structure. In this thesis parallel 

pipelined structure is used. 

 

IV. RESULTS 
In this thesis, the band-pass filter has been designed using Hamming window. The filter specifications are real world and 

MATLAB is used to find out the filter coefficients. The design of parallel pipelined FIR filter using the encoding scheme 

– Radix-16 has been accomplished via Hardware Description Language and synthesized on XILINX ISE Software (Xilinx 

ISE 12.4 version). 



High Speed Finite Impulse Response Filter For Low Power Devices 123 

 

 
Fig. 6. Schematic Diagram of Band-pass Filter. 

Advanced HDL Synthesis Report of parallel pipelined FIR Filter Using Radix-16 Multiplier is shown in figure 4.2. 

 

 
Fig. 7. Advanced HDL Synthesis Report pipelined FIR Filter Using Radix-16 Multiplier 

Register Transfer Level (RTL) Schematic and Technology Schematic of FIR filter is shown in figure 4.3 and figure 4.4 

respectively. 

Fig. 8. Register Transfer Level (RTL) Schematic 

 

 
Fig. 9. Technology Schematic 

 

If we use the Direct structure FIR filter design then maximum input clock frequency is 180 MHz and number of macro 
logical elements used are 1728. In this thesis we are using the parallel pipelined structure for FIR filter design with Booth 

multiplier. So maximum input clock frequency is increased from 180MHz to 701MHz as shown in figure 4.3 and number 

of macro logical elements used is decreased from 1728 to 608 as shown in figure 4.2.  



 Birinderjit Singh Kalyan 124 

 

 
Fig. 10. Simulation Waveform 

V. CONCLUSION AND FUTURE SCOPE 

The FIR filters are extensively used in digital signal processing and can be implemented using programmable digital 

processors. With the advancement in Very Large Scale Integration (VLSI) technology as the DSP has become 
increasingly popular over the years, the high speed realization of FIR filters with less power consumption has become 

much more demanding. Since the complexity of implementation grows with the filter order and the precision of 

computation, real-time realization of these filters with desired level of accuracy is now becoming a challenging task 

The design of pipelined FIR filter using the encoding schemes Radix-16 are carried out via Hardware Description 

Language. Simulation and synthesis for FPGAs are accomplished on XILINX ISE Software (Xilinx ISE 12.4 version). In 

future the simulated work can be interfaced with A/D and D/A converter and he optimization of the design can be done in 

terms of area occupied on chip. 
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