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Abstract: The real-world applications related to digital signal processing demand high performance computation. In such
applications we use the various types of filters and one such type of filter is Adaptive Finite impulse Response filter. There are
many architectures implementing the Adaptive Finite impulse Response filter. The architecture of Adaptive FIR is mainly
composed of the error computing and weight updating modules. Because intensive computation is involved in practical
applications, high efficiency and low-cost hardware is a must. Hence here a fixed-point finite impulse response adaptive filter is
proposed using approximate distributed arithmetic (DA) circuits. In this design, the radix-8 booth algorithm is used to reduce the
number of partial products in the DA architecture. In order to reduce the area, Kogge stone adders are used. As a result, the delay
and power consumption of the proposed design are significantly reduced. Both the error computing schemes and weight updating
schemes will be designed using Verilog.

Index Terms — Adaptive filter, approximate distributed arithmetic, radix-8 booth algorithm

. INTRODUCTION

There is a high demand for the applications that involve the signal processing. Filters are one such devices that implement the
algorithm for signal processing. These filters are used in many applications which are used in our day to the day life such as
speech coding and transmission in mobile phones, medical imaging in MRI, speech recognition and processing in home automated
systems etc. Designing and implementing these filters for real time applications poses a challenge. One such filter is Adaptive
FIR filter. An Adaptive FIR filter is a system with a linear filter that has a transfer function controlled by variable parameters and
a means to adjust those parameters according to an optimization algorithm. The closed-loop adaptive filter uses feedback in the
form of an error signal to refine its transfer function. It is composed of a FIR filter with variable coefficients (weights) and a
weight update module. The weights are updates by an adaptive algorithm. Due to the closed loop-adaptive process and related
algorithm, the hardware implementation of a direct form FIR filter is very complex. Moreover, the high-power consumption, large
area and long critical path of the weighted sum operation in the linear filter significantly limit the throughput of such a digital
processing system. Various architectures have come up to implement the adaptive filters, but they have some drawbacks which
can pose the problems in real time applications Hence it is important to implement the architecture of an adaptive filter in an
efficient way- that has high performance and consumes less area and power. Hence an efficient architecture is proposed to
implement the adaptive FIR filter using Approximate arithmetic circuits.

Il. LITERATURE REVIEW

e There are various types of computational schemes for adaptive filters. Some of them are perceptron based model [1],[2], the
continuous spatiotemporal model [3], the higher order lead-lag compensator model [4]. These computational models have been
proposed to explain and to mimic the cerebellar function for signal processing and motor control applications. But these models
have high complexity and hence it becomes tedious to implement them in hardware.

e Adaptive filters are used in many real time applications involving the signal processing They are used in signal prediction, signal
identification, image processing and echo suppression [5]. These applications require high performance and low power. Hence it

is important to design them efficiently.

e Various architectures were proposed to implement the adaptive FIR filter. One such architecture has been proposed where adaptive
filter was based on two distributed arithmetic (DA) [6] where weights were used as addresses to access the Look up tables (LUTS)
storing the sums of the weighted delayed inputs. The memory requirement is reduced but the size of the LUTs exponentially
increases as the order of the filter increases. Therefore, these designs are not suitable for adaptive filters with higher order.

e An efficient DA formulation has been presented for the block least mean square (BLMS) algorithm in a FIR adaptive filter [7].
Here the LUT is shared between the computations of the filter output and the weight increment; Only one column of LUTS is
updated in each iteration by shifting the weight- vectors. Thus, figures of merits such as circuit area, power and timing are improved
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for the LUT updating process. But the size of the LUT is L times the size of the LUT [6] where L is the block size of the BLMS
algorithm. Hence DA based FIR adaptive filters design using LUTs perform well for a low order filter.

A novel shared-LUT design has been proposed to implement DA for a reconfigurable FIR filter [8]. In this design, an M-
dimensional vector pair is decomposed into L P-dimensional small vector pairs (i.e., M = LP). A 2P-word LUT is shared by the
bit slices (consisting of P bits) of different weightage. Totally, L partial product generators, L 2P-word LUTs, m (as the bit width
of inputs) adder trees and a shift-add tree are required to compute the inner product. The contents in the LUTs are updated in
parallel. This FIR filter achieves a significant reduction in energy compared with the systolic decomposition of a DA-based design.

In order to improve the throughput of an adaptive filter, a pipeline structure can be used. But Least Mean Square (LMS) algorithm
does not directly support the pipelining due to its recursive operation. Hence the LMS algorithm is modified into the so-called
Differential least mean square (DLMS) [9]. DLMS significantly reduces the critical path delay of an adaptive filter by pipelining
whereas the performance of convergence is degraded significantly due to the adaption delay [10].

There is another DLMS based FIR adaptive filter proposed with low adaption delay [11] by using a novel partial product generator
and an optimized balanced pipeline; a bit-level pruning of the adder tree is further employed to reduce the area and power
consumption of the implementation. Synthesis and simulation have shown that this scheme consumes less power and requires less
area than other DLMS adaptive filter designs. However, a large number of additional latches are used for the pipelined
implementation of a DLMS adaptive filter and hence, overheads in area and power dissipation are incurred compared to an adaptive
filter using the LMS algorithm.

Many other techniques have been combined with DA to increase its efficiency. Factor sharing has been employed in a DA
architecture to reduce the number of adders [12]. It reduces 44.5% of the adders in a multi-standard transform core design. This
design has lower performance though it consumes lesser area.

A result-biased circuit for DA has been used in the filter architectures for computing the discrete wavelet transform; it leads to a
20% to 25% reduction in hardware [13].

I11. INSIGHTS ON ADAPTIVE FIR FILTER

An adaptive FIR filter consists of two modules. They are error computing module and weight updating module.

3.1 ERROR COMPUTING MODULE

Error computing module computes the error by comparing the desired signal with that of input signal. The input
signal is fed to the multipliers and the delay elements. Multipliers multiply the input signal and its delayed versions with the
appropriate weights and generates the partial products. These partial products are added together to generate the final sum.
This sum is compared with the desired signal and whatever the difference obtained is given as an error.
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Fig.3.1 Generic error computing module

3.2 WEIGHT UPDATING MODULE

Weight updating module updates the weight according to the error generated by the error computing module. The
input signal is fed to the delay elements and the multipliers. Multipliers multiply the input signal and its delayed versions
with the error generated by the error computing module and generates the products. These products which represents the new
weights will be compared with the older weights and the difference obtained will be the updated weights.
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Fig.3.2 Generic weight updating module

1V. PROPOSED ARCHITECTURE AND METHODOLOGY

Adaptive FIR filter is designed using the approximate arithmetic circuits. These are the circuits which uses an efficient technique to
calculate the inner products or multiply and accumulate. The approximate arithmetic is performed to design bit level architectures for vector-
vector multiplication with a direct application for the implementation of convolution which is necessary for digital filters. The following
figures are the architectures of the proposed design of error computing scheme and weight updating scheme.

4.1 PROPOSED ERROR COMPUTING SCHEME

The error computing module comprises of D flipflop, Radix-8 Booth Encoder, Partial Product Generator, Kogge-
stone adder and carry look ahead adder. There are three inputs given to the error computing module: Input sample, weights
and the desired sample. The theory behind this methodology is that the architecture is designed step by step where after
designing each functional module, their functional verification is checked. After the functional verification, all the modules
are combined together to form the error computing. module. In the final step, the functionality of the error computing module

is verified.
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Fig.4.1 Proposed error computing module

4.2 PROPOSED WEIGHT UPDATING MODULE

The weight updating module comprises of D flipflop, Radix-8 Booth Encoder, Partial Product Generator and Kogge-
stone adder. There are three inputs given to the weight updating module: Input sample, weights and the error. The error
generated from the error computing module is given as input to the weight updating module to generate the new weights.
This methodology also follows the same theory where the architecture is designed step by step where after designing each
functional module, their functional verification is checked. After the functional verification, all the modules are combined
together to form the weight updating module. In the final step, the functionality of the weight updating module is verified.
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Fig.4.2 Proposed weight updating module

4.3 METHODOLOGY

The following steps elaborate the designing of error compute and weight update module. Each functional module is
designed in Verilog using Xilinx ISE tool.

The D flipflop is designed in first step. The flipflop is responsible to produce the delayed versions of input sample.

e The radix-8 booth encoder and partial product generator are treated as one module which is responsible for multiplication
operation. The radix-8 Booth encoder takes the multiplicand and groups it to four. Each 4-bit value have an assigned
operation. The partial product generator multiplies the multiplier and the encoded 4-bit value of multiplicand with an overlap
of one bit into one number. This reduces the number of partial product numbers and thereby the area and hardware
complexity. In error computing module, this module multiplies the input and its delayed versions by weights. In case of
weight updating module, it multiplies the input and its delayed versions by error produced by the error computing module.

o Kogge-stone adder finds the sum of all the partial products generated by the partial product generator. This adder is chosen
in order to attain the parallel fast operation. In weight updating module, the output of the Kogge-stone adder gives the new
updated weights. These weights are updated according to the weight

e In case of error computing module, the carry look-ahead adder is designed to find the negative error output. This error is
obtained by adding the output vectors of the kogge-stone adder with the desired sample. This adder reduces.the propagation
delay and increases the execution speed.

e Inthe final step, all these modules are combined together to form the error computing.and weight updating module thereby
forming the functionality of an adaptive FIR filter.

V. OUTCOMES OF PROJECT

The error computing and weight updating modules are verified for its functionality. This is done by applying the test cases. In error
computing module, test case consists of 25 input samples, 3 weights and a desired input. The error computing module generates errors in
accordance with the given test case. In weight updating module, test case consists of the error samples produced by the error computing
module for the given input samples and weights. The weight updating module generates the updated weights in accordance with the error
produced by the error computing module. Figure 5.1 and 5.2 gives the internal schematic of error computing module and weight updating
module respectively. Figure 5.3 and 5.4 gives the simulated waveform of error computing module and weight updating module respectively.
Figure 5.5 and 5.6 gives the power consumption of error computing module and weight updating module respectively.
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Fig.5.1 Internal schematic of error computing module
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Fig.5.2 Internal schematic of weight updating module

[JCRT2007399 International Journal of Creative Research Thoughts (IJCRT) www.ijcrt.org \ 3848


http://www.ijcrt.org/

www.ijcrt.org

B vat?d)

B onST

On-Chip Powwer (W) Used Awvailable Litilization (%)

Effective TJA Max Ambient Junction Temp
Themal Properties C)

On-Chip Power (W) Used Pwailable Litilization {32)

Effective TJA Max Ambient Junction Temp
Themal Properties {CAN) {C) {C)

Fig.5.6 Power consumption of weight updating module
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V1. CONCLUSIONS AND FUTURE WORK

6.1 CONCLUSIONS

The proposed architecture of the Adaptive FIR filter using approximate arithmetic circuit achieves the required goal. The Radix-
8 booth encoder reduces the partial products saves the delay in the multiplier design. Moreover, the use of the Kogge-stone adder in
the proposed scheme makes it even faster. Finally, the area and power consumption of the design are significantly reduced due to
the approximation in partial product generation and accumulation.

6.2 FUTURE SCOPE

This project work can be further extended by adopting different architectures for adaptive FIR filter. The adders and the
multipliers used in the proposed approximate arithmetic circuits can be replaced by other efficient adders or multipliers to obtain
efficient computation and performance. More efficient algorithm can be used in future to compute the error and update the weights.
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