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Abstract—This paper presents a novel method of hardware reduced fast FIR filter structure for parallel data
processing.In general, arithmetic operation modules such as adder and multiplier modules, consume much power,
energy, and circuit area. The power consumed by the adder structure is also very significant while designing a
low power filter. The proposed low power multipliers and low power adders are used to reduce dynamic power
consumption of digital FIR filter. Supported by a review of literature, the proposed methodology is superior and
economical. The results show improved performance in terms of cost reduction, which has practical implications
in terms of applications
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I.INTRODUCTION
Finite impulse response (FIR) filters are widely used in various DSP applications. In some applications, the
FIR filter circuit must be able to operate at high sample rates, while in other applications, the FIR filter circuit must
be a low-power circuit operating at moderate sample rates. The low-power or low-area techniques have been
developed specifically for digital filters. Block (or Parallel) processing can be applied to digital FIR filters to either
increase the effective throughput or reduce the power consumption of the original digital filter.
Digital signal processing (DSP) is used in wide range of applications such as telephone, radio, video etc.
Most of DSP computations involve the use of multiply accumulate operations (MAC) and therefore the design of
fast and efficient multiplier imperative. The demand for portable applications of DSP architectures has dictated the
need for low power designs [1]. More over Digital Finite Impulse Response filter has a lot of arithmetic operations.
In general, arithmetic operation modules such as adder and multiplier modules have consume much power, energy,
and circuit area. Input bit width of the modules is important design parameter for low power. The power digital FIR
filter circuit is reduced by optimization of taps and bit width of input signal with filters coefficients. Block
processing can be applied to digital FIR filters to either increase effective throughput or reduce the power
consumption of filter [5]. The rest of paper is structured as follows. Section II gives summary of FIR filter theory,
and section III presents the architectures used in our implementation. Section IV gives Result and comparison of
implementing architectures. Section V provides conclusion of the paper.
II FIR FILTER THEORY
Digital filters are very important part in digital signal processing. Filters have two uses, one is signal
restoration and other is signal separation. Signal separation is needed when the signal has been contaminated with
noise or some other signals. Signal restoration is used when the signal has been distorted in some way. The most
commonly used digital filter is linear time invariant filter. In general filtering is described by simple convolution
operation as where is input signal, is convolved output and is filter impulse response. Digital filters are two types:
Finite Impulse Response (FIR) filters and Infinite Impulse Response (IIR) filters. The filters designed by using finite
number of samples of impulse response are called Finite Impulse Response filters. The filters designed by
considering all infinite samples of impulse response are called Infinite Impulse Response Filters. Communication
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systems for applications such as channelization, channel equalization, matched filtering, and pulse shaping, due to
their absolute stability and linear phase properties. The filters employed in mobile systems must be realized to
consume less power and operate at high speed. Recently, with the advent of software defined radio (SDR)
technology, Finite Impulse Response (FIR) filter research has been focused on reconfigurable realizations. The
complexity of the FIR filter is mainly based on the complexity of the coefficient multiplication. Generally the N-tap
FIR filter which can be expressed as y(n)=h(n)*x(n)
y(n)=

𝑁−1
𝑖=0

ℎ 𝑖 𝑥(𝑛 − 𝑖) ; n=0,1,2,……∞

(1)

Where {h(n)} having FIR filter coefficients of length N and {x(n)} is an infinite length input sequence. The
polyphase decomposition can be derived from L-parallel FIR filters by decomposing X(Z), Y(Z) and H(Z) into L
subsequences as : Y(Z)=X(Z)H(Z)
III. MULTIPLIER DESIGN

It is well-known that the application of Block processing to a FIR filter can increase the throughput of the
FIR filter. If an L parallel filter is operated at the same clock rate as the original filter, L output samples are
generated every clock cycle compared to the single output sample that is produced every clock cycle in the original
filter. This implies that the L-parallel filter effectively operates at L times the rate of the original FIR filter. While it
is clear that Block processing can increase the throughput of the FIR filter.

Fig 1: proposed two parallel fast fir filter structure
1

Y0 = H0 X0 + Z-2 { [ (H0 +H1) (X0 + X1)
2
+ (H0 – H1) (X0 –X1) ] - H0 X0}
1
Y1 = [(H0 +H1) (X0 +X1) – (H0 – H1) (X0 –X1)

(2)

2

The 2 parallel fast FIR filtering structure which results from this (2-by-2 Poly Phase Decomposition) FFA is
shown in Fig. 1.This structure computes a block of 2 outputs using 3 length-N/2 symmetric coefficients FIR filters
and 6 pre / post processing additions.
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Fig. 2: Proposed Three parallel Fast FIR Filter structure

Y0 =

1
2

1

[(H0 +H1) (X0 +X1) + (H0 – H1) (X0 – X1) – H1X1] – Z-3 { [ (H0 +H1) (X0 +X1)
2

– ( H0 – H1)(X0 – X1)] + H1X1+ (H0 +H2) (X0 +X2) – (H0 +H1+H2) (X0 + X1+X2)}
Y1 =
1
Z-3{
2

Y2 =

1
2

[(H0 +H1) (X0 +X1) – (H0 – H1) (X0 – X1)] –

[(H0 +H1) (X0 +X1)+(H0 – H1)(X0 – X1)] −
1
2

1
2

[ (H0 +H2) (X0 +X2) + (H0 – H2) (X0 – X2) ] – H1X1 }

[(H0 +H2) (X0 +X2) – (H0 – H2) (X0 – X2)] + H1X1

The 6 parallel FIR filter is generated by cascading a (2-by-2) FFA with a (3-by-3) FFA. The process is
essentially identical to the process that was used to generate the 4-parallel filtering structure.
IV EXPERIMENTAL RESULTS
Table I shows the summary of proposed FIR filter structure for hardware saving in terms of percentage.
This effective designing structure has reduced the hardware cost considerably. For example, four parallel FIR
filtering structure can save up to 2N/8 multiplications for implementation. The infinite precision coefficients were
generated using the Remez function in MATLAB. If the phase of the filter is linear, the symmetrical architecture can
be used to reduce the multiplier operation. Many algorithm transformation techniques are available for optimum
implementation of the digital signal processing algorithms. Reducing the implementation area is important for
complex algorithms,
The cascading of FFAs is a straight-forward extension of the original FFA application. For example, a (pby-p) FFA can be cascaded with a (q-by-q) FFA to produce a (p x q)-parallel filtering structure. The set of FIR
filters that result from the application of the (p-by-p) FFA are further decomposed, one at a time, by the application
of the (q-by-q) FFA. The resulting set of filters will be of length N/(p x q). When cascading the FFAs, it is important
to keep track of both the number of multipliers and the number of adders required for the filtering structure.
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Fig : 3 Four Parallel FIR Filter RTL Diagram
Table 1:Summary of proposed results for saving Multiplications

V. CONCLUSION
In this paper a low power and low area digital FIR filter is presented. In this paper we have proposed an
algorithm for reducing the hardware complexity of linear phase FIR digital filters without resorting to increasing the
adder depth. The proposed FIR filters have been synthesized and implemented using Xilinx tools and power
analyzed using Xilinx Xpower analyzer.
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