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Abstract— WSN is composed of a large number of sensor
nodes with multi-hop networking capability that are widely
deployed for a wide variety of applications such as health
monitoring systems, environment monitoring, interactive user
interfaces, etc. Sensor systems must utilize the minimal
possible energy while operating over a wide range of operating
scenarios. Signal processing is an essential component of
wireless sensor network node. One of the most widely used
operations in this is finite-impulse response (FIR) filtering.
Multiplication is at the core of FIR filter and saving power at
the multiplication level can significantly impact the lifetime of
a sensor node.
In this, we propose design of low power FIR filter and
implementations of the same on FPGA. MATLAB is used for
an Equiripple or Remez Exchange (Parks-McClellan)
technique of FIR filter design. A notch FIR filter is designed
for the removal of power line interference in ECG signal which
is a very important step in the pre-processing stage of ECG
signal. Direct-form approach in realizing a digital filter is
considered. This approach gives a better performance than the
common filter structures in terms of speed of operation, cost,
and power consumption in real-time. The minimum power
achieved is 0.073w in FIR filter based on DA to 626 taps, 8 bits
inputs and 9 bits coefficients. The proposed FIR filter has been
designed using VHDL, simulated, synthesized and
implemented using Xilinx ISE Artix-7 series FPGA and power
is analyzed using Xilinx XPower analyzer.
Index Terms— ECG, Equiripple FIR Filter, Distributed
Arithmetic (DA), FPGA.

I. INTRODUCTION
Wireless sensor networks (WSN) have got researchers
attention in recent years because those can be used in wide
range of applications. Wireless Sensor Network could
contain hundreds of sensors that collect and some cases
pre-process data before it is send to central node for final
processing. In the most cases sensors are deployed to remote
location without capability to replace battery. This means
that one of the key elements for distributed sensors is long
lifetime covering both reliability and energy efficiency
because the battery limits lifetime of the sensors. Due to the
large number of nodes that may be deployed and the long
required system lifetimes, replacing the battery is not an
option. Sensor systems must utilize the minimal possible
energy while operating over a wide range of operating
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scenarios. A long node lifetime under diverse operating
conditions demands power-aware system design [1]. Design
methodology of LSIs which contains digital wireless
communication systems addresses to low power and low
energy system implementation, because of the growing need
for longer battery lifetime and the problem of power supply.
Signal processing in wireless sensor network has a vast range
of applications. Finite Impulse Response filtering (FIR),
Infinite Impulse Response filtering (IIR), and Kalman
Filtering find applications in object tracking, environmental
monitoring and many other applications [2].
In this paper, we focus on a digital FIR (Finite impulse
response) filter, because the digital filter has a large power
consuming components, such as adders and multipliers.
Traditionally, direct implementation of a K-tap FIR filter
requires K multiply-and-accumulate (MAC) blocks, which
are expensive to implement in FPGA due to logic complexity
and resource usage [3]. To resolve this issue, we present
distributed arithmetic (DA), which is a multiplier-less
architecture. Distributed arithmetic is an important
algorithm for DSP applications. It is based on a bit level
rearrangement of the MAC ―multiply accumulate‖ operation
to replace it with set of addition and shifting operations. Our
motivation for using DA is its extreme computational
efficiency. The advantages are best exploited in circuit
design, but off-the-shelf hardware often can be configured
effectively to perform DA. By careful design one may reduce
the total gate counting a signal processing arithmetic unit by
a number seldom smaller than 50 percent and often as large
as 80 percent [4].
Digital filters are typically used to modify or alter the
attributes of a signal in the time or frequency domain. The
most common digital filter is the linear time-invariant (LTI)
filter. An LTI interacts with its input signal through a process
called linear convolution, denoted by
where f is the
filter’s impulse response, x is the input signal, and y is the
convolved output. The linear convolution process is formally
defined by:
LTI digital filters are generally classified as being finite
impulse response (i.e., FIR), or infinite impulse response
(i.e., IIR). As the name implies, an FIR filter consists of a
finite number of sample values, reducing the above
convolution sum to a finite sum per output sample instant.
An FIR with constant coefficients is an LTI digital filter. The
output of an FIR of order or length L, to an input time-series
x[n], is given by a finite version of the convolution sum given
in (1), namely:
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Where, f [0] ≠ 0 through f [L-1] ≠ 0 are the filter’s L
coefficients. They also correspond to the FIR’s impulse
response. For LTI systems it is sometimes more convenient to
express in the z-domain with
Where, F (z) is the FIR’s transfer function defined in the
z-domain by

The Lth -order LTI FIR filter is graphically interpreted in
Fig.2. It can be seen to consist of a collection of a ―tapped
delay line,‖ adders, and multipliers. One of the operands
presented to each multiplier is an FIR coefficient, often
referred to as a ―tap weight‖ for obvious reasons. Historically,
the FIR filter is also known by the name ―transversal filter,‖
suggesting its ―tapped delay line‖ structure [5],[6].

Fig. 1: FIR filter in the transposed structure

Power consumption can be reduced by a combination of
several techniques. Pipelining and parallel processing can be
used to reduce power consumption by reducing supply
voltage. Power consumption can be reduced by reducing
effective capacitance which can be achieved by reducing the
number of gates or by algorithmic strength reduction where
the number of operations in an algorithm is reduced. Power
can also be reduced by reducing memory access. The single
most effective means to power-consumption reduction is
clock gating where all functional units which need not
compute any useful outputs are switched off by using gated
clocks. Use of multiple-supply voltages and a simultaneous
reduction of threshold and supply voltages are also effective
in reducing power consumption. Most power-reduction
approaches apply to dedicated, Programmable or Field
Programmable Gate Array (FPGA) systems in a dual
manner. Optimizations of the speed and power consumption
of digital filters can be achieved by using dedicated operators
instead of general ones whenever possible. Multiply and
Accumulate (MAC) is an important unit of DSP systems. It
decides the power consumption and speed of operation of
DSP systems [7].
The techniques which are used to achieve low power
consumption in VLSI-DSP applications span a wide range,
from algorithm and architectural levels to logic, circuits and
device levels. Power optimization approaches at the high
level are significant since research results indicate that
higher levels of abstraction have greater potential for power
reductions. The most power savings came from the two
extremes, system level & gate level power optimization [8].

II. SOFTWARE IMPLEMENTATION
Digital filters play a crucial role in digital signal
processing, e.g., biomedical signal processing. There are two
main types of digital filters: finite impulse response (FIR)
filters and infinite impulse response (IIR) filters. The transfer
function of FIR filter is,

Where, h (k), k=0, 1, 2, 3…, N are the filter coefficients [9].
There are three well known methods for FIR filter design
 The window method
 The Frequency sampling technique
 Optimal filter design method
The simplest technique is known as "Windowed" filters.
This technique is based on designing a filter using
well-known frequency domain transition functions called
"windows". The use of windows often involves a choice of the
lesser of two evils. Some windows, such as the Rectangular,
yield fast roll-off in the frequency domain, but have limited
attenuation in the stop-band along with poor group delay
characteristics. Other windows like the Blackman, have
better stop-band attenuation and group delay, but have a wide
transition-band (the band-width between the corner
frequency and the frequency attenuation floor). Windowed
filters are easy to use, are scalable. An Equiripple or Remez
Exchange (Parks-McClellan) design technique provides an
alternative to windowing by allowing the designer to achieve
the desired frequency response with the fewest number of
coefficients. This is achieved by an iterative process of
comparing a selected coefficient set to the actual frequency
response specified until the solution is obtained that requires
the fewest number of coefficients [10].
Present paper deals with design and development of
digital FIR Equiripple filter. The filtering technique
suggested is simply FIR Type-1 filter. The application
identified to demonstrate the idea is ECG signal processing.
The basic ECG has the frequency range from 0.5Hz to
100Hz. This ECG gets corrupted due to different kinds of the
artifacts. The different types of artifacts are Power line
interference, motion artifacts, base line drift and
instrumental noise. Due to these types of the artifacts ECG
gets corrupted and correct information is not transferred to
the cardiac specialist. The care must be taken to nullify the
artifacts to avoid wrong diagnosis. Certain type of the noise
may be filtered directly by time domain filters using signal
processing techniques or digital filters. Different researchers
are working on noise reduction in the ECG signal [11].
In the present work notch filter is designed. An ECG
signal containing power line noise is applied to this filter. An
ECG signal from the database is loaded into the MATLAB®.
Various signals such as original ECG signal and ECG signal
added with power line noise are examined in time domain
and frequency domain. Suitable design parameters for
different digital filters are chosen based on the frequency of
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noise. Thereafter, the ECG signal with noise is passed
through the designed digital filter. Finally, the filtered ECG
signal is investigated again in time domain and frequency
domain. The quantitative properties of the designed and
implemented filters are investigated by comparing their
spectra before and after filtration [9].
III. HARDWARE IMPLEMENTATION
The proposed FIR architecture is shown in Fig.1. As it
can be seen, it consist of functional units (FU), adder stage
and only one shift and accumulate stage without any
multipliers. We have implemented a 676-tap filter and
included the multiplexors after 26 delay stages in the FIR to
show the added benefit of this FIR to be configured as a
convolution filter often used in physiological monitoring
applications. Assuming the tap coefficient to be 8-bit wide, a
standard M-tap transverse FIR filter equation 2 can be
modified to:

with the left shift of the coefficient data. A shift operation is
done in the accumulator by tying the least significant bit to `0'
to adjust the weight of the coefficients. This process is
continued 8 times till one filtered sample or convolved data is
obtained. The new data is loaded after every eight clock
cycles. A simple 8-bit shift register is implemented to
generate the control signal once every 8 clock cycles for
loading or shifting of the input data. The critical path (or
longest path) of the design is the dotted line marked in the
Fig.3 which is clearly shorter than the transverse structure.
We assume that the data input is done directly and
completely avoids any buffering stages in the FIR.

The square term in equation 6 can be implemented by
using shift registers and adders. The term hk is a one bit data
`0' or `1', and is the weight of the coefficient. The resulting
architecture based on equation 6 contains same M number of
shift- add-accumulate blocks as multipliers in conventional
FIR (Fig.1). This can be simplified further to equation 7 for
area critical implementation resulting in the following:

This results in area efficient architecture because the
term inside the square bracket reduces from 16-bits to 8-bits.
For a M-tap filter, a transverse filter with multipliers will
contain 2*M shift registers, M multipliers and (M -1) adders,
while the proposed filter will contain 8 *M AND gates, 16
*M shift registers and (M-1) adders. As shown in Fig.2, the
676-tap filter consists of 676 functional units, an adder stage
and one add-accumulate block.

Fig.2: FIR architecture for 676 tap filter

For understanding purpose proposed architecture for 9 tap
filter is shown in fig.3 [12].

As shown in Fig.2 the functional unit (FU) is the core of
the architecture and is defined in the square bracket term in
equation 7. Each FU is capable of one partial product. In
every clock cycle, one 8-bit partial product is calculated. So a
complete 8-bit sample would be delivered once in every eight
clock cycle. The 676 functional unit outputs 5408-bits of
partial product every clock cycle this is one eighth of the
sample. The partial product of each of the functional unit is
fed to the adder stages that sum up the 676 partial products.
The adder stages are 16-bit wide instead of 32-bit, which
again reduces area. Coefficient bits are shifted left in each
clock cycle so that the partial product is ANDed from most
significant bit to least significant bit as shown in Fig.3. To
avoid overflow, a 32-bit wider adder structure (with 16-bit
half adder and a 16-bit full adder) in the shift,
add-accumulate stage is implemented. The left shift in the
accumulator and the add takes care of the weight associated

Fig.3: FIR architecture for 9 tap filter.
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IV. TESTING & RESULTS
We have been designed the filter first in MATLAB in
order to check the feasibility of the specifications in
MATLAB. We got the desired results in MATLAB. Then the
filter with the desired specifications has been designed in
VHDL and simulated in Modelsim software and after that
burned on FPGA kit.
A. Implementation of The Equiripple Notch Filter:
Since the goal of this paper is to design and implement
digital filter for the processing of noises and to evaluate the
performance of the filters, each noise signal is first modelled
and simulated. Power line interference consists of 50/60 Hz
and its harmonics which can be modelled as sinusoids and a
combination of sinusoids with amplitude up to 50 % of the
peak- to-peak of ECG amplitude. Fifty Hertz power line noise
is simulated using the MATLAB. The frequency of power
line is 50 Hz.

Fig. 5: ECG Signal corrupted with noise before filter in Time & Frequency
domain

Where, N (t) is the power line noise, A is the amplitude and f
is the frequency of power line. ECG signal from database and
ECG signal superimposed with modelled power line
interference in time domain are plotted as shown in Fig.5.
Also, the Fast Fourier Transform (FFT) of the signals is
illustrated in Fig.5. It can be clearly seen that the nature of
power line interference, 50 Hz sinusoid is obvious in the
power spectrum. From the information gained by plotting the
FFT of ECG signals in the frequency domain, the design and
implementation of digital filter are proceeded to remove and
reduce the noises [9].
Digital notch filter is mostly the first choice for
rejecting the specific frequency of the signal. The FIR notch
filter is designed (45-55Hz) to suppress the 50 Hz power line
noise. The sampling frequency is 500 Hz.

Fig. 6: ECG Signal corrupted with noise after filter in Time & Frequency
domain

B. Hardware Implementation of FIR Filter
Field Programmable Gate Arrays (FPGAs) can be
reprogrammed as many times in order to achieve the desired
result. The major design benefit in this lies in the ability to
test designs that might work. Prior to the development of the
FPGA, the fabrication process can be quite expensive and
very time consuming. The use of FPGAs in the design
process allows the more design flexibility, and reducing a
cost and developing time. If the design fails after being tested
on a FPGA, the designer can simply rework the design and
download it again to the FPGA. Use of an FPGA would thus
eliminate the loss in development time caused by a faulty
initial design, as well as giving the designer knowledge of
whether or not the design works.

Fig. 4: ECG signal in Time & Frequency domain

The VHDL code of the digital FIR filter has been
simulated in Modelsim and the following waveforms
obtained. Now this VHDL code is used to generate the circuit
using Xilinx synthesis tool for notch filter design and main
circuit block is shown in fig.7. The minimum power achieved
is 0.073w in FIR filter based on DA to 626 taps, 8 bits inputs
and 9 bits coefficients.
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The implementation of DA architectures for FIR filter
has been designed using VHDL, simulated, synthesized and
implemented using Xilinx ISE Artix-7 series FPGA. The
design has been verified using Modelsim with VHDL code
and power consumption is analyzed using Xilinx software.
The results of software implementation compared with
hardware implementation.
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Fig.7.Top level RTL Schematic
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Fig.9.Device utilization summary

V. CONCLUSION
The present work introduces the digital filtering method
to cope with the noise artifacts in the ECG signal. FIR filters
based on Equiripple design has been designed and
implemented. The Equirriple notch FIR filters are applied on
the ECG signal. The results of the implementation show that
filter removed the noise specifically meant for it to filter.
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