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Abstract-This paper implements low power digital Finite
Impulse Response (FIR) filter relying on radix four booth
multiplier, serial multiplier and serial adder and shift add
multiplier. In this paper we consider multiplier and
accumulate FIR filter architecture and folded transform of
linear phase FIR filter. These low power multipliers and
low power adders are used to reduce dynamic power
consumption of digital FIR filter.

I. INTRODUCTION

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 and therefore the design of fast
and efficient multiplier imperative. More ever, the
demand for portable applications of DSP architectures
has dictated the need for low power designs [1]. Digital
Finite Impulse Response filter has a lot of arithmetic
operations. In general, arithmetic operation modules such
as adder and multiplier modules, consume much power,
energy, and circuit area. Input bit width of the modules is
quite important design parameter for low power. The
power digital FIR filter circuit is reduced by optimization
of taps and bit width of input signal and filters
coefficients [2]. The dynamic switching power
consumption of digital FIR filter is reduced by using data
transition power diminution technique. This technique is
used on adders, booth multip liers and applied for filters to
eliminate power consumption due to unwanted data
transitions [3]. In [4] they presented a multipliers
technique, based on add and shift method and common
sub expression elimination for low area, low power and
high speed implementation of FIR filters. Finite impulse
response filters are widely wused in various DSP
applications. Block processing can be applied to digital
FIR filters to either increase effective throughput or
reduce the power consumption of filter [5]. In [6] they
proposed pipelined variable precision gating scheme to
reduce power consumption of digital FIR filter. This
technique uses clock gating to registers in both data flow
direction and vertical to data flow direction. The rest of
paper is structured as follows. Section2 gives summary of
FIR filter theory, and section3 presents the architectures
used in our implementation. Section4 gives comparison
of implementing architectures. Section5 provides
conclusion of the paper.

I1. FINITE IMPULSE RESPONSE FILTER
THEORY

Digital filters are very important part of digital
signal processing. Filters have two uses, one is signal
separation and other is signal restoration. Signal
separation ik needed when the signal has been
contaminated with noise or other signals. Signal
restoration is used when the signal has been distorted in
some way. The most common digital filter is linear time
invariant filter. In general filtering is described by simple
convolution operation as y =x = f where x is input
signal, yis convolved output and f is filter impulse
response.

yInl = xnl « fIn] = Xp_o F(K)x(n — k)
=Y _ox(K)f(n—k) (1)

Digital filters are two types: Finite Impulse
Response (FIR) filters and Infinite Impulse Response
(IIR) filters. The filters designed by using finite humber
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. The digital filters are
commonly linear time invariant filters.

The straight forward way of implementing LTI
Finite Impulse Response filter is finite convolution of
input series X[n] with impulse response coefficients is
given by

ylnl = x[n] * flnl (2
ylnl =¥i2t Flklaln — K] ©)

Where L is the length of FIR filter, h[n] is filters impulse
response coefficients, x[n] is input sequence and y[n] is
output of FIR filter. The above equations can also
expressed in Z domain as

y[Z] = X[Z]H[Z] (4)

Where H[Z] is transfer function of FIR filter in Z domain
and is given by

H[Z] = Y4zt k] Z27F (5)
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I1l. FIRFILT ER IMPLEMENTATION

In this paper multiplier and accumulator (MAC)
architecture and linear phase folded architecture are
considered

3.1 MAC Finite Impulse Response filter based on
radix4 booth multiplier

The linear time invariant FIR filter of order L-1
is shown in fig.1. It employs a collection of multipliers,
adders and tapped delay lines. The weight corresponds to
multipliers are filter coefficients and are referred ass
filter coefficients. Because of tapped delay line structure,
the FIR filter is also called as transversal filter.

x[n] —4=1 7 o -

f[ON

Figl: Transversal FIR filter

A multiplier has two stages. In the first stage,
partial products are generated by the encoder and partial
product generator (PPG) and are summed by the
compressors. In the second stage, the two final products
are added to form the final product through final adder.
The block diagram of multiplier is shown in fig.2.
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Fig2: Block diagram of multip lier

The multiplier consists of booth encoder block,
compression block, and adder blocks. x and y are input
buffers. The multiplier y is applied to the booth encoder
and y is recoded by the booth encoder. x is the
multiplicand. PPG and compressors are the major part of
multiplier. Carry propagation adder adds sum and carry
vectors which are coming from compressor block. The
steps involved in radix4 booth multiplication algorithm
are described below.
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Pad least significant bit of multiplier with zero.

2. Pad most significant bit of multiplier with two
zeros (if multiplier has even number of bits) or
with one zero (if multiplier has odd number of
bits).

3. Divide multiplier in to overlapping groups of
three bits.

4. Determine partial product scale factor from the

booth encoding truth table.

Compute partial products.

Sum partial products.

ISl

Tablel. Booth encoding truth table

Booth R . L.
ot o Yoia op Direction | Shift | Addition.
0 0 O 0x 0 0 0
0 0 1 1x 0 - 1
0 1 0 1x 0 - 1
0o 1 1 2x 0 1 0
1 0 O -2X 1 1 0
1 0 1 -1x 1 - 1
1 1 0 -1x 1 - 1
1 1 1 -Ox 1 0 0

From the above table, booth multiplier has three
operations indicated as direction, shift and addition.
Direction indicates whether the multiplicand is positive or
negative. If direction is zero then the multiplicand will be
positive otherwise multiplicand will be negative. Shift
indicates whether the multiplication operation involves
shifting operation or not. Addition indicates whether the
multiplicand was added to partial product or not. The
expressions for these three operations are obtained from
the above truth table and are listed below.

Direction, Ds; = vaj4y 6))
Shift, Saj = ¥ai 41 By (6)
Addition, As; = ya;_, @y ()
XX
1 I - O, ‘ IM'\J)(r ‘
me1 | {Directon)} \ "~ [

&
(Enift)
Y, \ A,
Yin = {Addition}

Booth Encoder

Fig3: Booth encoder and PP where m=2i.

The booth encoder was constructed by using two
xor gates. Partial product generator was implemented
using three multiplexers and an inverter. Careful
optimization partial product generation can lead to
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hardware reduction. In the general multiplication 8*8,
eight partial products and seven adders are required. But
in the case of booth multiplier the number of partial
products required for multiplication is reduced. Hence the
number of adders and the power consumption are also
reduced.

3.2 Linear phase folding architecture FIR filter
based on radix4 booth multiplier

The symmetrical architecture can be used to
implement linear phase FIR filter. Because of the
symmetrical architecture the multiplier operations are
reduced.

x[n]

1’[0&

y[n]

Fig4: linear phase FIR filter

Comparing figl and fig4, the number of
multipliers reduced half because of the symmetrical
architecture. But number of adders remains same and the
basic model of this architecture is shown in fig4. For a
linear phase FIR filter of order N-1, h(n) = +h(N — 1 —
n) where h(n) is filter impulse response coefficients. The
folded architecture provides a trade off between hardware
speed the area complexity. The folding transformation
can be used to implement time multiplexed architectures
using less area. Because folding transformation the power
consumption also reduced. The fig.5 shows the linear
phase folding architecture.

A7
—— 11—

I

0 12 3 o 12 3
Sel1 MUX sel2
anW

N
I REG I

Fig5: folding architecture of linear phase FIR filter.
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3.3 MAC Finite Impulse Response filter rellylng on
serial multiplier and serial adder

Digit-serial implementation styles are best suited
for implementation of digital signal processing systems.
Digit-serial multipliers are obtained using traditional
unfolding techniques cannot be pipelined beyond a
certain level because of the presence feedback loops. To
implement multiplier and accumulate FIR, we use low
power serial multipliers and serial adders. Consider a
serial multiplier shown in fig.6 where the coefficient
word length is four bits.

byb, b, b,

| J R
:
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Fig6: low power serial multiplier

This architecture consists of four full adders,
four multipliers and some delay elements. In this
mu ltip lier, the carry out signal of every adder is fed back
after a delay to the carry in signal of the same adder.
Therefore the critical path of this architecture of contains
W full adder delays. Where W is the word length. The
traditional approach for designing the structure involves
unfolding the structure by a factor N. where N is equal to
digit size. Which can be further reduced to N full adder
delay after pipelining. That reduction is not possible here
because of presence of feedback loops.

3.4 Finite Impulse Response Filter relaying on shift
add multiplier

The shift and add method is used to implement
FIR filter. In this we perform all our optimization in
multiplier. Here the multiplications are divided into
additions and shifts. Hence the complexity of
mu ltip lication is reduced.

The coefficients in most of digital signal
processing applications for the multiply accumulate
operation are constants. In this method, first we arrange
decimal coefficients according to positive and negative
powers of two. Because of this, the hardware complexity
of finite impulse response filter and the power
consumption will be reduced. The graph form of this
method is shown in fig.7. Another form is, coefficients
changed to integer by multiplying the coefficients with
multiple powers of 10, then arranging the coefficients
according positive and negative powers of two.
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Fig7: Graph formof shift add method

IV RESULTS AND COMPARISIONS

Designs equipped to 8 bit adders, 8 bit
multipliers and are accomplished via VHDL hardware
description language using Xilinx ISE software and
synthesized using Xilinx tools. Power is analyzed using
Xilinx Xpower analyzer. Tables I and Il shows the power
consumption comparison of digital FIR filter which uses
booth multiplier, shift add multiplier and serial multiplier
and serial adder.

Table I: power consumption of 8 taps,16 bit coefficients, 8 bit input

. Booth with
Booth without Booth Wl_th DPDT using
Freq DPDT using
DPDT (mw) rea(m and
eg(mw) gate(mw)

25 469 326 868
50 879 596 669
75 1297 881 1018
100 1703 1137 1283

Table 11: Power consumption of proposed filters

25 50 75 100
Proposed filter
MHZ MHZ MHZ MHZ

MAC_booth(mw) 100 140 180 210
Linear phase
folding 110 150 190 230
booth(mw)
Shift add(mw) 90 120 140 110

Serial multiplier

ad serial adder 112 126 141 155

V. CONCLUSION

In this paper a low power and low area digital FIR filter is
presented. For reduce power consumption and area we
using radix4 booth multiplier, low power serial multiplier
and serial adder, shift add multiplier and folding
transformation. These filters are compared for power. The
proposed FIR filters have been synthesized and
implemented using Xilinx tools and power analyzed
using Xilinx Xpower analy zer.
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