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Abstract—This paper presents a new area and power efficient
VLSI architecture for least-mean-square (LMS) adaptive filter
using distributed arithmetic (DA). Conventionally, DA based
LMS adaptive filter requires look-up tables (LUTs) for filtering
and weight updating operations. The size of LUTs grows ex-
ponentially with filter order. The proposed scheme has reduced
the LUT size to half by storing the offset-binary-coding (OBC)
combinations of filter weights and input samples. To make the
adaptive filter more area and power efficient, it is not necessary to
decompose LUT into two smaller LUTs. Hence, by using the non-
decomposed LUT the proposed design achieves significant savings
in area and power over the best existing scheme. In addition,
the proposed architecture involves comparatively lesser hardware
complexity for the same LUT-size. From synthesis results, it is
found that the proposed design with 32nd order filter offers 19.83
% less area and consumes 20.54 % less power; utilizes 16.67 %
and 19.04 % less number of LUT and FF respectively over the
best existing scheme.

Index Terms—Distributed Arithmetic (DA), finite impulse re-
sponse (FIR), look up table (LUT), offset binary coding (OBC).

I. INTRODUCTION

Adaptive filter is extensively used in noise and echo can-
cellation, system identification, channel estimation and equal-
ization [1]. It comprises of a linear finite-impulse-response
(FIR) filter whose transfer function is adjusted by changing the
filter weights according to an optimization algorithm. Usually,
least-mean-square (LMS) algorithm is preferred to update the
filter weights due to its simplicity and ease of implementation.
The combined FIR filter and the weight update unit consists
of several multiply-and-accumulate (MAC) units depending
upon the filter order. The computational efficiency of MAC
based LMS adaptive filter is lower due to the large size of
multipliers in MAC units. In most practical applications, the
computational efficiency of any system can be improved by
reducing the hardware complexity. One of the fundamental ap-
proach is sequential processing which reduces implementation
complexity by using single computational unit over several
number of clock cycles. But, it involves more latency, for
example, if the filter order is 𝑁 , then it would require at most
𝑁 clock cycles.

Recently, distributed arithmetic (DA) is becoming popular
due to its higher computational efficiency for the realization

of LMS adaptive filter. It was introduced by Croisier 𝑒𝑡 𝑎𝑙.
[2]. Unlike MAC based FIR filter, DA has a look-up-table
(LUT) and a shift-accumulate (SA) unit. The filter partial
products are stored in LUT at various address locations. The
filtering operation is performed by successive reading of LUT
contents followed by shift-accumulation for some clock cycles
depending on the precision of input sample. It is observed that
the size of LUT grows exponentially with filter order. The LUT
complexity is further increased when filter is made adaptive
since each address location is need to be updated time-to-
time. Hence, the complexity of DA based adaptive filter is
mainly determined by the LUT size. Recently, several works
[3]–[8] have been proposed for efficient implementation of DA
based adaptive filter. In [3], an auxiliary LUT is employed to
update the stored partial products of main LUT. This scheme
has double LUT complexity for the implementation of DA
based adaptive filter. To overcome this issue, authors of [4],
[5] have proposed single LUT architecture for DA based
adaptive filter. Since LUT complexity has been reduced, but
it requires higher hardware complexity over [3]. To achieve
the performance benefits of the works [3], [4], a new design
has been suggested in [6] which is based on storing the offset
binary coding (OBC) combinations of input samples and filter
weights. But, it additionally decomposed the large sized LUT
into two small multiplexed LUT for achieving the higher
throughput over the designs [3], [4]. Since the multiplexed
LUTs have been operated concurrently due to which power
consumption of such design goes up. Moreover, the extra
hardware for the LUT decomposition caused further increase
in area and power. Recently, a pipelined implementation of
DA based adaptive filter has been proposed [7], [8], which is
based on the concept of parallel LUT. But, it has relatively
higher hardware complexity of parallel LUT especially for
large filter order. Recently, many new architectures have been
investigated for DA based block LMS algorithm (BLMS) to
improve their area and power efficiencies [9], [10]. To the best
of our knowledge, no one has discussed the problems of area
and power consumptions of DA based LMS adaptive filter
when LUT decomposition is applied. Motivated by the works
[3]–[8], a non-decomposed LUT architecture is proposed
based on storing the OBC combinations of input samples and

2018 31th International Conference on VLSI Design and 2018 17th International Conference on Embedded Systems

2380-6923/17 $31.00 © 2017 IEEE

DOI 10.1109/VLSID.2018.77

283



d(n)

+

−

x(n)

y(n)
FIR FILTER

WEIGHT
UPDATE UNIT

wk(n)

e(n)

D D
w0 wN−2 wN−1

x(n)

y(n)

x(n) : input signal

y(n) : output signal

wk(n) : filter weights
k ∈ [0, N − 1]

d(n) : desired signal
e(n) : error signal

FIR FILTER

D D D

WEIGHT UPDATE UNIT

w0 wN wN−1

μ : step-size

μe(n)x(n)

(a)

0

1

cinitial

S1 =
1, j = 0

0, otherwise

y(n)

1

0

1

1, j = W − 1

0, otherwise
S0 =

SA

4x(n)

x(n− 1)

x(n− 2)

x(n− 3)

D

D

D

D

x(n+ 1)

(b)

+w3

+w2−w3

+w3

−w3

+w2

−w2

−w2

+w1

+w1

+w1

+w1

+w0

+w0

+w0

+w0

0 0 0

0 0 1

0 1 0

0 1 1

1 0 0

1 0 1

1 1 0

1 1 1

+w3

+w2−w3

+w3

−w3

+w2

−w2

−w2

+w1

+w1

+w1

+w1

+w0

+w0

+w0

+w0

1/2[LUT Content]Addr

S1, S0 are control signals

Fig. 1. (a) Block schematic of 𝑁 th order multiply-accumulate (MAC) based LMS adaptive filter (b) An 4th order implementation of LMS adaptive filter
using offset-binary-coding (OBC) based distributed arithmetic (DA).

filter weights in two separate LUTs. In addition, we have
also suggested a new scheme adaptation strategy to update
the filter coefficients. The rest of the paper is organized as
follows: In Section II, we present mathematical formulation of
proposed design for DA based adaptive filter. In next Section,
the architectural description of proposed design is presented.
Section IV compares the performance of proposed and existing
designs in terms of throughput, area and power. Conclusions
are provided in Section V.

II. MATHEMATICAL FORMULATION

Consider a MAC based LMS adaptive filter in which the
input samples 𝑥(𝑛 − 𝑘) with 𝑘 ∈ [0, 𝑁 − 1] are processed
by FIR filter, as shown in Fig. 1(a). And, the corresponding
output 𝑦(𝑛) can be obtained, according to

𝑦(𝑛) =

𝑁−1∑
𝑘=0

𝑤𝑘(𝑛)𝑥(𝑛− 𝑘) (1)

where 𝑤𝑘(𝑛) are filter weights at time instant 𝑛. From (1),
it can be noted that 𝑦(𝑛) is nothing but the multiplication of
𝑤𝑘(𝑛) and 𝑥(𝑛− 𝑘) followed by 𝑁 successive accumulation.
This has to be subtracted from the desired signal 𝑑(𝑛) to
produce the error signal 𝑒(𝑛) as follows

𝑒(𝑛) = 𝑑(𝑛)− 𝑦(𝑛) (2)

By using (2) and input samples 𝑥(𝑛−𝑘), the filter weights for
the next iteration can be obtained by LMS criterion, as per

𝑤𝑘(𝑛+ 1) = 𝑤𝑘(𝑛) + 𝜇𝑒(𝑛)𝑥(𝑛− 𝑘) (3)

where 𝜇 is step-size which adjusts convergence and mean-
steady-state-error of adaptive filter. Usually, 𝜇 is selected in
negative powers of two, so that the multiplication of 𝜇 and
𝑒(𝑛) in (3) can be performed by right-shift operation.

In order to implement the adaptive filter using DA, the input
samples or the filter weights are to be represented in twos
complement or offset binary coding (OBC). The proposed
approach exploits the OBC combination of input samples. By
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Fig. 2. System level diagram of proposed DA based LMS adaptive filter.

doing so, area and power efficient implementation of adaptive
filter can be realized. Let us first consider twos complement
representation of input samples which is given as

𝑥𝑘 = 𝑥(𝑛− 𝑘) = −𝑥𝑘,𝑊−1 +

𝑊−1∑
𝑗=1

𝑥𝑘,𝑊−1−𝑗2
−𝑗 (4)

From (4), it can be written as 𝑥𝑘 = 1/2[𝑥𝑘 − (−𝑥𝑘)] =
1/2[𝑥𝑘 − 𝑥𝑘] where 𝑥𝑘 is twos complement of 𝑥𝑘. Hence,
the expression for 𝑥𝑘 becomes

𝑥𝑘 =
1

2

[
− (𝑥𝑘,𝑊−1 − 𝑥𝑘,𝑊−1)+

𝑊−1∑
𝑗=1

(𝑥𝑘,𝑊−1−𝑗 − 𝑥𝑘,𝑊−1−𝑗)2
−𝑗 − 2−(𝑊−1)

]
(5)

the above expression commonly known as OBC scheme. Now,
choose

𝑑𝑘,𝑗 =

{
−(𝑥𝑘,𝑗 − 𝑥𝑘,𝑗), 𝑗 ∕= 𝑊 − 1

−(𝑥𝑘,𝑊−1 − 𝑥𝑘,𝑊−1), 𝑗 = 𝑊 − 1.
(6)
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Fig. 3. Contents of 𝑊 -LUT and 𝑋-LUT for 4th order FIR filter at time instant 𝑛.

By substituting (5) and (6) in (1) and re-arranging, we get

𝑦(𝑛) =

𝑊−1∑
𝑗=0

(
1

2

𝑁−1∑
𝑘=0

𝑤𝑘𝑑𝑘,𝑗

)
2−𝑗 − 1

2

(𝑁−1∑
𝑘=0

𝑤𝑘

)
2−(𝑊−1)

(7)
Define

𝑐𝑊−1−𝑗 =
1

2

𝑁−1∑
𝑘=0

𝑤𝑘𝑑𝑘,𝑗 , 0 ≤ 𝑗 ≤𝑊 − 1 (8)

𝑐𝑖𝑛𝑖𝑡𝑖𝑎𝑙 = −1

2

𝑁−1∑
𝑘=0

𝑤𝑘 (9)

By substituting (8) and (9) in (7), we have

𝑦(𝑛) =

𝑊−1∑
𝑗=0

𝑐𝑊−1−𝑗2
−𝑗 + 𝑐𝑖𝑛𝑖𝑡𝑖𝑎𝑙2

−(𝑊−1) (10)

From (8), it is clear that the term 𝑐𝑊−1−𝑗 represents the
possible combinations of filter weights which are stored in
LUT. For instance, if filter order is 𝑁 , then 𝑐𝑊−1−𝑗 could take
2𝑁 binary possible combinations of filter weights. However,
due to the symmetry in OBC combinations, only 2𝑁−1 half
terms are required to store in LUT. The remaining half OBC
combination can be obtained with the help of XOR gates, as
shown in Fig. 1(b). This technique has an advantage in terms
of low area, less power and less LUT access time. Unlike
[3], the OBC combinations of filter weights are pre-computed
and stored in two separate LUT. Notably, the least significant
bits (LSBs) of registers form the address bits for filter weight
LUT (W-LUT). Based on the combination of input samples
bit-slices 𝑥𝑘,𝐵−1−𝑗 with 𝑘 ∈ [0, 𝑁 − 1], any combination of
filter weights partial product can be accessed from LUT which
after undergoes shift-accumulation.

So far the mathematical description of proposed scheme
for filtering operation has been carried out. Now, consider the
system level diagram of proposed design, as shown in Fig. 2.
It comprises of two LUTs namely, weights updating LUT (W-
LUT) and input samples updating LUT (X-LUT) which store
their OBC combinations. The contents of W-LUT has to be
updated from time-to-time. To do that, the proposed algorithm
employed X-LUT which stores the OBC combinations of input

samples. Unlike weight adaptation of MAC based LMS filter
(3), the weight adaptation of proposed scheme is performed
at the contents of W-LUT using the contents of X-LUT,
according to

𝑁−1∑
𝑘=0

𝑎𝑟𝑘𝑤𝑘(𝑛+ 1) =

𝑁−1∑
𝑘=0

𝑎𝑟𝑘𝑤𝑘(𝑛) + 𝜇𝑒(𝑛)

𝑁−1∑
𝑘=0

𝑎𝑟𝑘𝑥(𝑛− 𝑘)

(11)
where 𝑎𝑟𝑘 is the 𝑘th bit in the 𝑁 -bit representation of the
address 𝑟. Mathematically,

𝑟 =

𝑁−1∑
𝑘=0

𝑎𝑟𝑘2
𝑘 (12)

That is, OBC combinations of input samples are stored in X-
LUT at time-instant 𝑛 which later used to update the contents
of W-LUT. By noting (7), the combined term 𝜇𝑒(𝑛) can be
quantized in powers of two [3] to simplify the multiplication
by shifting operation.

III. PROPOSED ARCHITECTURE

In order to carry out the necessary tasks required for filtering
and weight updating operations. We have to understand the
filtering operation of proposed design. Initially, all the input
samples are stored in register bank with least-significant-bits
(LSBs) of each register forms the address lines of W-LUT. The
successive reading of contents from W-LUT and followed by
shift-accumulation (SA) will produce the output, according to
(10). The number of times shift-accumulation is performed
depends on the wordlength of input samples. Since the term
𝑐𝑖𝑛𝑖𝑡𝑖𝑎𝑙 has been taken care by SA unit in every first accu-
mulation clock cycle. This is in accordance with (10) which
requires a 2-to-1 multiplexer, as shown in Fig. 1(b). Note that
the SA operation is performed in parallel with X-LUT update
for either 𝑊 or 2𝑁−1 clock cycles, where 𝑊 is wordlength of
input samples. The output so obtained is subtracted from 𝑑(𝑛),
according to (2). After that, the contents of X-LUT is updated
whose output is multiplied with the product 𝜇𝑒(𝑛). The terms

𝜇𝑒(𝑛)
𝑁−1∑
𝑘=0

𝑎𝑟𝑘𝑥(𝑛 − 𝑘) will be added to the corresponding

contents of W-LUT. In the proposed implementation, both the
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Fig. 4. Proposed LUT update scheme for 4th of DA based adaptive filter.
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LUTs store similar OBC combination at time instant 𝑛, as
shown in Fig. 3. Hence, the proposed design does not require
external register and decomposition circuitry for LUTs, as in
case of [6]. Thereby, it results in significant reduction of area
and power consumptions. This is because when two LUTs
operated in parallel, it comparatively consumes large power
due to higher activity over a single non-decomposed LUT
architecture for a given algorithm [2].

The X-LUT update scheme in the proposed implementation
from time 𝑛 to 𝑛+1 is explained as follows. The external term
𝑥(𝑛+1)+𝑥(𝑛−3) is used to map the contents of X-LUT from
time instant 𝑛 to the time instant 𝑛+1. The contents of LUT
for the next iteration must have different address locations.
This can be understood with the following example: Consider
a proposed 4th order filter with X-LUT update scheme, as
shown in Fig. 4. At time instant 𝑛, the content at 0th address
location of X-LUT is 1

2 [𝑥(𝑛)+𝑥(𝑛−1)+𝑥(𝑛−2)+𝑥(𝑛−3)].
This can be updated by subtracting from the external term
1/2[𝑥(𝑛 + 1) + 𝑥(𝑛 − 3)] which would give 1

2 [𝑥(𝑛 + 1) −
𝑥(𝑛)− 𝑥(𝑛− 1)− 𝑥(𝑛− 2)]. Interestingly, the term does not
involve oldest sample 𝑥(𝑛− 3). Hence, in similar manner, all
the address locations of X-LUT are updated with the same
external term 1/2[𝑥(𝑛 + 1) + 𝑥(𝑛 − 3)]. Mathematically, the
contents of X-LUT at 𝑟th address location at time instant 𝑛+1

1: loop
𝑦(𝑛) =

∑𝑊−1
𝑗=0 𝑐𝑊−1−𝑘2

−𝑘 + 𝑐𝑖𝑛𝑖𝑡𝑖𝑎𝑙2
−(𝑊−1)

2: for 𝑟 = 0 to 2𝑁 − 1 do
𝑐𝑊−1−𝑗 ← 𝑤𝑘,𝑊−1−𝑗(𝑛)𝑥𝑖(𝑛)

3: if 𝑟 mod(2𝑁−1) == 0 then
𝑋𝑟(𝑛+ 1)← 𝑆 +𝑋2𝑟+1(𝑛)

4: else
𝑋𝑟(𝑛+ 1)← 𝑆 −𝑋2(2𝑁−1−𝑟)(𝑛)

5: end if
6: end for
7: 𝑒(𝑛)← 𝑑(𝑛)− 𝑦(𝑛)
8: for 𝑟 = 0 to 2𝑁−1 − 1 do

𝑊𝑟(𝑛+ 1) = 𝑊𝑟(𝑛) + 𝜇𝑒(𝑛)𝑋𝑟(𝑛)
9: end for

10: return 𝑦(𝑛)
11: 𝑛← 𝑛+ 1
12: end loop

Fig. 6. Algorithm explaining proposed DA based adaptive filter.

𝑋𝑟(𝑛+ 1) can be given as

𝑋𝑟(𝑛+ 1) = 𝑆 +𝑋2𝑟+1(𝑛) with 𝑟∣𝑟 < 2𝑁−1

𝑋𝑟(𝑛+ 1) = 𝑆 −𝑋2(2𝑁−1−𝑟)(𝑛) elsewhere (13)

where 𝑆 = 1
2 [𝑥(𝑛+ 1) + 𝑥(𝑛− 3)] denotes the external term

to update the X-LUT contents. Once the process of X-LUT
update over, the contents of updated X-LUT would be used to
update the contents of W-LUT. This can be accomplished by
an error signal 𝑒(𝑛), as computed in (2) followed by scaling
with 𝜇. Note that when filtering operation is completed using
W-LUT and then again X-LUT is updated from X-LUT(𝑛) to
X-LUT(𝑛 + 1). Thus, one step of the filtering operation and
adaptation at time 𝑛 is completed. A similar explaination can
be given for different time instances for each new sample.

The multiplication required in (11) can be realized by using
a custom hardware multiplier. But, that requires significant
area on the chip. In order to simplify this multiplication, we
consider an approximation for the term 𝜇𝑒(𝑛). It states that
only most significant bit (MSB) of error signal has been taken
into account. Thus, the area due to 𝜇𝑒(𝑛) is reduced since
it replaced the hardware multiplier by a simple barrel shifter,
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TABLE I
TIME AND HARDWARE COMPLEXITY OF VARIOUS EXISTING SCHEMES.

Design Throughput Adders (per cycle) Registers SH Memory

DA0 [3] 1/[𝑚0(𝑇𝑅 + (𝑘 − 1).𝑇𝑀 + 𝑇𝐴)] 𝑚.(2𝑘−1 + 2𝑘) +𝑚.𝐵 − 1 𝑚.(1 + 𝑘) + 2 𝑚 2𝑚.(2𝑘 − 1)

DA1 [4] 1/[𝑚1(𝑇𝑅 + 𝑇𝐴)] 𝑚.(2𝑘−1 + 𝑘) +𝑚.𝐵 − 1 𝑚.(2 + 2𝑘) + 1 𝑚.𝑘 𝑚.(2𝑘 − 1)

DA2 [6] 1/[𝑚2(𝑇𝑅 + (𝑘 + 1).𝑇𝑀 + 2𝑇𝐴)] 𝑚.(2𝑘/2+1 + 2𝑘/2+2 + 2) +𝑚.𝐵 + 1 𝑚.(4 + 𝑘) + 2 𝑚 𝑚.2𝑘

Proposed 1/[𝑚0(𝑇𝑅 + (𝑘 − 1)𝑇𝑀 + 𝑇𝐴)] 𝑚.(2𝑘−1 + 2𝑘) +𝑚.𝐵 + 1 𝑚.(1 + 𝑘) + 2 𝑚 𝑚.2𝑘

𝑁 = 𝑚x𝑘; 𝐵,𝑊 are wordlengths of input samples and filter weights; 𝑚0=2𝑘+max(𝑊 ,2𝑘−1)+𝑙𝑜𝑔2𝑚, 𝑚1=2𝑘−1+𝑙𝑜𝑔2𝑚+𝐵+1,
𝑚2=2𝑘/2+max(𝑊 ,2(𝑘/2)−1))+𝑙𝑜𝑔2𝑚+1, 𝑇𝑅 = LUT access time, 𝑇𝑀 = 2-to-1 multiplexer delay and 𝑇𝐴 = adder delay. Note that DA2 [6]
scheme requires extra 2𝑚𝑘 2-to multiplexers. The design in [7] has been excluded since it is based on pipelined LMS algorithm.

as shown in Fig. 5. In other words, the combined product of
X-LUT contents and 𝜇𝑒(𝑛) is approximated as a right shift
version of the X-LUT contents. By doing so, the throughput
of proposed filter does not degrade, but it slightly degrades
the convergence. The overall operation of proposed filter is
explained with proposed algorithm in Fig. 6.

IV. RESULTS AND DISCUSSIONS

For the sake of simplicity, we refer the designs in [3],
[4] and [6] as DA0, DA1, DA2 respectively. In addition,
it is also assumed that each design has 𝑚 sub-filter units
order 𝑘 such that 𝑁 = 𝑚 × 𝑘 (𝑁 is a composite number).
The expressions of throughput and hardware complexities of
different designs are listed in Table I. The LUT complexity of
DA0, DA1 and DA2 designs are 𝑚.(2𝑘+1 − 2), 𝑚.(2𝑘 − 1),
and 𝑚.2𝑘 respectively. While the proposed design has same
LUT complexity as that of DA2 scheme. But, DA1 and DA2

require different weight adaptation schemes. It may be noted
that the proposed design is based on the OBC combinations
of input samples and filter weights as similar to DA2 scheme.
However, the proposed design does not require decomposed
LUT, as in case of [6]. This require lesser hardware complexity
over the existing designs. For better clarity, we have shown
explicit plots for adders (in Fig. 8) and registers (in Fig. 9)
as required for the implementation of different designs. It can
be noted that the proposed design provides 7.5 % less number
of adders 20 % less registers for 32nd filter order respectively.
Importantly, the proposed design does not require multiplexers
for decomposing the LUT into two small LUTs, as in the
case of DA2 scheme. In addition, the proposed design also
not requires an extra adder during the update of LUT, thus
sampling period is reduced for the proposed design has been
reduced over the DA2 scheme.

Throughput of an adaptive filter is defined as the ratio of
clock rate to the number of clock cycles required in processing
the input sample. Mathematically,

Throughput=Clock rate/Number of clock cycles (14)

where Clock rate=1/Critical path. As derived, the critical path
of proposed design is reduced by 𝑇𝐴 + 2𝑇𝑀 time units over
the DA2 scheme. This will eventually gives higher sampling
rate which can be used to reduce the power consumption
[3]. To reduce the critical path further, we can employ 3:2
compressor (or CSFA) followed by an carry propagation adder
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Fig. 7. Comparison of number of adders for proposed and existing designs.
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Fig. 8. Comparison of number of registers for proposed and existing designs.

[11]. Notably, the proposed designs have same number of
clock cycles as that of DA0 scheme. In order to verify
the validity of proposed design, we performed the simulation
in verilog. Subsequently, we carried-out application- specific-
integrated-circuit (ASIC) synthesis to estimate area, power and
throughput of the design using UMC 180 nm CMOS library by
Cadence RTL Compiler for 𝑁 = 16 and 32. The wordlength
of input samples and filter weights were taken to be 8-bits.
The estimated area and power consumptions for the proposed
and existing designs are listed in Table II. From the listed
results, it is clear that the area figures of proposed design are
significantly reduced over the DA2 scheme, especially for large
𝑘 and 𝑁 . This is due to fact that the proposed design exploits
OBC combinations of filter weights and input samples, as
similar to DA2 scheme. In addition, the proposed design does
not require multiplexers for the decomposition of LUT into
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TABLE II
COMPARISON OF AREA, POWER AND THROUGHPUT

FOR 𝑊,𝐵 = 8 AND 𝑁 = 16 AND 32

Design Area (mm2) Power (mW) Throughput (per 𝜇sec)
𝐿 = 16 𝐿 = 32 𝐿 = 16 𝐿 = 32 𝐿 = 16 𝐿 = 32

DA0-ADF [3] 0.191 0.376 119.76 245.69 18.14 17.52
DA1-ADF [4] 0.156 0.308 67.92 140.75 30.96 29.41
DA2-ADF [6] 0.125 0.247 52.98 109.78 28.36 26.59

Proposed 0.102 0.198 44.13 87.23 20.54 19.67

two smaller LUTs, hence additional savings in area and power
are achieved. For example, an 32nd order proposed filter with
4th base order units, the proposed design offers 19.83 % less
area and 20.54 % less power over the DA2 design for 16th

order filter. The savings become even more for large order
filter with large base order units. The power consumption of
proposed design has lesser values over the DA2 design since
no decomposition of LUTs are exploited. Hence, the power
consumption would have even lesser values over the DA2

design. In addition, the OBC combinations of input samples
and filter weights have less LUT requirements over DA0 and
DA1 designs.

We have also performed field-programmable-gate-array
(FPGA) synthesis on Altera Cyclone III EP3C55F484C6 at
100 MHz for 32nd filter order with 4th order base unit. And,
the corresponding results in terms of slice LUT and flip-flop
(FF) are shown in Fig. 10 and Fig. 11 respectively. Since the
proposed design is based on OBC scheme, hence it offers
significant savings in number of sliced LUT and FF over the
existing designs. For example, an 32nd order filter, the savings
in the number of sliced LUT and FF are 16.67 % and 19.04
% respectively over the DA2 scheme.

V. CONCLUSION

In this paper, a new area and power efficient design for DA
based LMS adaptive filter has been presented. The proposed
approach is based on storing OBC combinations of input sam-
ples and filter weights in two separate LUTs. In the proposed
implementation, the recent sample has been stored in LUT due
to that decomposition of LUT is not possible, unlike the case
of [6]. Thus, the savings in area and power are significant due
to less hardware complexity and non-concurrent LUT update
scheme over [6]. From synthesis results, it is shown that the
proposed design with 32nd order occupies nearly 19.83 % less
area and consumes 20.54 % less power; utilizes 16.67 % and
19.04 % less number of LUT and FF respectively over the
best existing scheme.
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