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Abstract —The Finite Impulse Response (FIR) filters are widely used in the satellite link to demodulate signals because
of its linear phase property and its simple and regular structure compared to Infinite Impulse Response (IIR) filters. This
is a basic requirement for applications in audio and video filtering. However to achieve the same frequency specification,
FIR filters require higher number of taps compared to IIR filters. This paper proposes an architecture which is a
modification of existing Distributed Arithmetic (DA) based FIR filter architecture. It helps in reducing the look up table
size required by a DA based filter. It uses multiplexers and adders to implement the Multiply And Accumulate function
(MAC). The proposed architecture helps to reduce area, power and increases the computation speed.
Keywords-IIR, FIR, Multiply And Accumulate function
I.
INTRODUCTION
To improve performance in highly challenging sectors like satellite co mmunication more sophisticated
processing algorith ms are required. The signal processing algorith ms must offer flexib ility, improved service quality and
reliability. The above objectives should be achieved by taking into account the application dependent system constraints,
including co mplexity, cost, power consumption, speed and des ign re-usability.
Onboard processing capability is provided in new -generation satellites to make them an intelligent unit than a
mere repeater. Th is enables the satellite to condition, amplify, or reformat received uplin k data and route the data to
specified locations. A type of Onboard processing, called Base-Band (BB) processing takes place by down-converting,
demodulating, detecting the signal and reconstructing the binary info rmation stream to correct any errors that might have
been encountered during the uplink.
The implementation of narrow transition band FIR filters are very costly as it requires considerably more
arith metic operations and hardware co mponents such as mult ipliers, adders and delay elements. This demands more
execution time and memo ry [1].
To resolve the problems of FIR filter implementation, several mult iplier less techniques like conversion based
approach, memory based approach or Look Up Table (LUT) based approach are proposed.
Among all the methods available, Distributed Arithmetic (DA) was proved to be very efficient solution
especially for LUT based FPGA arch itectures [2-3]. Several modificat ions for DA architecture to implement FIR filters
with s maller resource usage were suggested [4-6].
II.
DISTRIB UTED ARITHMET IC BAS ED TECHNIQUE
The DA architecture yields better area, power and speed trade off balance when co mpared to the other available
filter architectures for FPGA imp lementation.
DA is used as the architecture for imp lementing FIR filters without mult ipliers. In DA technique, the sum of
products computation required for FIR filters is realized using LUTs, shifters and adders. These operations can be
mapped efficiently onto an FPGA. Hence DA is a desired architecture on these devices.
DA is used to design bit-level architectures for vector to vector multip lications. In distributed arith metic, each
word in the vector is represented as a binary number, the mult iplications are reordere d and mixed, such that the
arith metic beco mes “distributed” throughout the structure .
DA relies on the fact that the filter coefficients, Ak are known, so mult iply ing Akxk beco mes a mult iplication
with a constant. This is a prerequisite for a DA design. It is a powerful technique for reducing the size of a parallel
mu ltip ly-accumu late hardware that is well suited to FPGA designs.
To reduce the hardware comp lexity substantially, a symmetrical filter structure can be used. It halves the
number of coefficients. But one additional clock cycle is taken before the output is obtained. The area saving obtained by
using DA is about 50%.
Partit ioning the DA based filter reduces the single look up table into a desired number o f LUTs. The
computations are broken down into smaller elements that can be executed in parallel. Greater speed benefits can be
attained especially for h igher precision calculat ions. The area occupied by parallel DA based filter is more co mpared to
serial filter.
FIR filter is expressed as
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By proper rearrangement, filter output can be written as
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The DA based filter includes three units: shift register unit, the DA LUT unit and the adder/shifter unit.
III.
PROPOS ED FILTER ARCHITECTUR E
In DA based technique, the summat ion 𝐾𝑘 =1 𝐴𝑘 𝑏𝑘𝑛 in equation (3) is pre calculated for all the possible co mbinations.
When the coefficients of ck are known and theinput values are either 1 or 0, then each SOP is just a combination of the
ck ’s for which a true table can be constructed. This is called a Look up table (LUT).The LUT has 2k words addressed by
k-bits.
The number of co-efficient for a higher order filter is more. In a DA based technique, constructing a LUT for all
possible combination is a tedious and time consuming process.
The proposed filter architecture makes use of mult iplexers and adders instead of LUTs. This reduces the number of
computations required to create a LUT and increases the processing speed.
A. Algorithm of the proposed filter architecture
1.

Obtain the filter coefficients and the filter order using Matlab. Parks-McClellan algorithm is used. Convert the
floating point filter coefficients into integers.
2. Convert the filter input into its equivalent binary value.
3. Div ide the total number o f filter coefficients into groups. Each group should have 2 values.
4. Start with LSB input bits of group1.
5. According to the combination of 0’s and 1’s add the first 2 coefficients.
6. Consider the input bits of group2 of same position.
7. According to the combination of 0’s and 1’s add the next two coefficients to the sum obtained in step5.
8. Repeat steps 6 and 7 till all the groups are considered.
9. Multiply the sum obtained by its place value.
10. Now move on to next bit position. Consider bits of group 1.
11. Repeat steps 5 to 8 t ill all the input bits are considered. After co mputing the sum of each b it position, mu ltiply the
sum obtained by its place value and adds it to sum obtained in step 9.
The block diagram of the proposed filter architecture is shown in Fig.1. The decision device is used to compare
filter coefficients. Finally YB obtained after each bit position is added to get the final output of the filter.
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Fig.1. Block diagram of proposed filter architecture.
IV.
PARKS -MCCLELLAN ALGORITHM
It is an iterat ive algorith m to design and implement efficient and optimal FIR filters. To find the optimal filter
coefficients it uses an indirect method.The algorith m minimizes the error in the pass and stop bands by utilizing the
Chebyshev approximation.
The design of an FIR filter us ing Parks-McClellan algorith m is a two-step process.
1. Estimate the order of the optimal Parks-McClellan FIR filter to meet the design specifications using the
remezord co mmand.
2. Actual design of the filter using remez co mmand. This gives the coefficients of the filter.
V.
IMPLEMENTATION MET HODOLOGY AND RES ULTS
The Quadrature Carrier Mu ltiplexed scheme is used. This scheme enables two Double Side band suppressed carrier
modulated waves (resulting fro m the application of two physically independent message signals) to occupy the same
channel bandwidth, and yet it allows for the separation of the two message signals at the receiver output. It is therefore a
bandwidth-conservation scheme. A block diagram of the Quadrature Carr ier Mu ltiplexing system is shown in Fig.2.

Fig. 2. Quadrature Multiplexing of two signals m1(t) and m2(t ).
The transmitter part of the system, involves the use of two separate product modulators that are supplied with two
carrier waves of the same frequency but differing in phase by -90 degrees. The transmitted signal s(t) consists of the sum
these two product modulator outputs, as shown by
𝑠 𝑡 = 𝐴𝑐 𝑚1 𝑡 cos 2𝜋𝑓𝑐 𝑡 + 𝐴𝑐 𝑚2 𝑡 sin 2𝜋 𝑓𝑐 𝑡 --- (4)
Where m1 (t) and m2 (t) denote the two different message signals applied to the product modulators. Thus s(t) occupies
a channel bandwidth of 2W centred at the carrier frequency fc, where W is the message bandwidth of m1 (t) and m2 (t).
According to equation (4), A c m1 (t) can be v iewed as the in-phase component of the mu ltiplexed band pass signal s(t) and
A cm2 (t) as its quadrature component.
The receiver part of the system is shown in Fig. 3. The mult iplexed signal s(t) is applied to two separate coherent
detectors that are supplied with two local carriers of same frequency, but differing in phase by -90 degrees. The output of
the top detector is ½ A c1 m1 (t), whereas the output of the bottom detector is ½ A c1 m2 (t). For the system to operate
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satisfactorily it is important to maintain the correct phase and frequency relationships between the local oscillators used
in transmitter and receiver parts of the system.
The message signals considered for analysis are 10KHz and 20KHz and is shown in Fig.4. The sampling frequency of
1.2 M Hz and carrier frequency of 1 MHz is used.

Fig. 3. Coherent detection of Quadrature Multiplexed signals.

Fig. 4. Message signals considered for analysis.
The modulator and demodulator are coded in Matlab. The Lo w pass filter coefficients and the filter order is calcu lated
using Parks-McClellan algorith m. The filter response for cut-off of 10 KHz and 20 KHz is shown in Fig.5. The
demodulator output obtained in Matlab is shown in Fig.6.

Fig. 5.Low Pass Filter Response.
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Fig. 6.Matlab output of the Demodulator.
The low pass filter using the proposed architecture is coded in VHDL and RTL schemat ic of the same is shown in
Fig.7. Modelsim simulator is used to verify the design and the output obtained in the simu lator fo r Inphase arm is shown
in Fig.8. The filter output obtained from VHDL coding is stored in an external file and these integer values are read in
Matlab. The outputs from Matlab and VHDL are co mpared as shown in Fig.9 and they match in their frequency. The
integer equivalent of output obtained in Matlab is shown in Fig.10. It is same as the integer values obtained in Modelsim
as shown in Fig.8. Last few values of the output are also compared and shown in Fig.11. The Matlab and VHDL filter
outputs for quadrature phase arm is also shown in Fig.12.

Fig. 7. RTL Schematic of Proposed Filter Architecture .
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Fig. 8.Modelsim Output for Inphase arm filter.

Fig. 9.Matlab and VHDL Filter output for Inphase arm.
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Fig. 10. Filter output obtained in Matlab converted into integers.

Fig. 11. Filter output for last few values obtained in Matlab and VHDL
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Fig. 12.Matlab and VHDL Filter output for Quadrature phase arm.
The target board used for the design implementation is Spartan3 -XC3S400-PQ208.
VI.
CONCLUS ION
The proposed FIR filter arch itecture suggests a modificat ion to DA based approach. The filter avoids unnecessary
calculations involved to create a LUT in DA method. This is useful to find the filter output especially when more number
of inputs and filter coefficients are involved. Such a situation usually arises in satellite demodulators wh ile demodulating
video signals.
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