Low-Complexity 2-D Digital FIR Filters Using Polyphase
Decomposition and Farrow Structure
1.1

Base paper abstract:

This paper proposes a novel realization technique for quadrantally symmetric 2-D finite impulse response
filters with a guaranteed reduction in the hardware complexity. Here, the concept of Farrow structurebased interpolation filter design using the polyphase decomposition of the 1-D filter transfer function is
effectively utilized in the 2-D domain. The proposed 2-D filter makes use of row-wise polyphase
decomposition of the 2-D transfer function or frequency response, followed by the polynomial
approximation of the individual polyphase coefficients resulting in Farrow structures corresponding to
each row filter. The final coefficients are implemented by varying the delay values in all the Farrow
structures, followed by the interpolation of the coefficients obtained from each delay value, which in turn
forms the rows in the 2-D kernel. The major highlight of the proposed method is the highly reduced
implementation complexity in terms of the number of multipliers and adders, with a low normalized rootmean-square error. Design examples of the circularly symmetric and fan-type filters have been considered
to show the efficiency of the approach. The results show a drastic reduction in the implementation
complexity of the 2-D filters of upto 20%, with significantly low normalized root-mean-square error
lesser than 0.5%.
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Enhancement of this project:
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To implement 2D Polyphase Decomposition FIR Filter using Truncation Multiplier
To implement 2D Farrow Structure FIR Filter using Truncation Multiplier

Proposed title:
FPGA Implementation of 2D polyphase Decomposition and Farrow Structure FIR Filter using Truncation
Multiplier
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Proposed Abstract:

In this recent digital signal processing applications, will have lot of filter designs in finite impulse
response method, in such as it will take more complexity in 2D domain thus it will take more hardware
complexity in crucial area and more critical paths, here this proposed work will presents a Farrow
structure based interpolation filter design using the polyphase decomposition of 1D filter which
effectively utilized in 2D digital domain, here this polyphase decomposition and Farrow structure will
implemented using truncation multiplier, this truncation method will reduced the hardware complexity in
internal and external part of multiplication and additions, thus it will provide n x n of n output in all sub
filters. Finally this work presents in VHDL and synthesized in XILINX FPGA, and compared in terms of
area, delay and power.

1.5

Existing system:

THE design and implementation of 2-D filters is a crucial area, widely explored by researchers due to the
wide variety of applications they offer. The application areas include pattern recognition systems,
computer image processing, seismic signal processing, biomedical systems, and genomic signal
processing. Since many critical applications such as real-time medical image analysis, require fast 2-D
filtering operations with filter kernels of large size, effective, fast, low complexity and low power
implementation approaches for 2D filters, become essential.

Among the different design approaches for 2D filters, the transformation based approach is a widely used
design method for circular and fan-type filters. In the transformation-based method, a suitable 1D filter is
designed first, followed by mapping the 1D filter coefficients to 2D domain using specific transformation
kernels. McClellan transformation was the first transformation introduced for designing circular 2D filters
from their 1D counterparts. In, two new multiplierless transformations were introduced, which was a
remarkable achievement over McClellan transformation, towards the aim of designing circular 2D filters
of improved circularity. Later, with an aim of designing 2D filters of lower implementation complexity
and improved circularity, a new P2 transformaton was proposed. The McClellan transformation based
design approach was also extended for the design of fan filters in and, where the transformation
coefficients were deduced using different optimization algorithms by maintaining a minimum contour
deviation error. Bindima et al. have deduced the transformation coefficients for fan-type filters using
multi objective artificial bee colony optimization by ensuring the least contour deviation error.
The 2D filter designed using the transformation method has an efficient implementation structure based
on Chebyshev recursion formula, which consists of cascaded 2D transformation kernels F(z1,z2), where
F(z1,z2) represents the 2D transformation function corresponding to the spectral transformation F(ω1,
ω2) used. But the Chebyshev structure based implementation in the z domain has a major disadvantage of
increased delay due to the use of cascaded 2D kernels F(z1,z2), which in turn act as a limitation to the
high speed filtering. The implementation of a 2D filter of size (2N +1)×(2N+1) requires a cascade of N
number of similar F(z1,z2) blocks. This, in turn, introduces an overall delay of z−N 1 z−N 2 for the
transformation-based realizations. Moreover, the realization of the transformations such as P2 that
provide better contour circularity requires fractional delay filters to realize z−1 2 . An alternative solution
to overcome the delays involved in the 2D filter realization is to use the Chebyshev structure for
frequency domain-based implementation of the 2D filter. But the realization of the 2D filter in the
frequency domain requires larger number of multipliers and thus increases the implementation
complexity.
Apart from transformation-based methods, different optimization based methods were also introduced for
the design of 2D filters, where the entire (2N + 1) × (2N + 1) number of 2D filter coefficients for specific
contours, are obtained by minimizing the contour deviation error. The realization of these 2D filters relies
upon the direct form implementation of the 2D transfer function. Thus, the realization of a 2D filter of
size equal to (2N + 1) × (2N + 1) requires 2N delays both in the z1 and z2 space. On the other hand, the
frequency domain realization of the filters increases the implementation complexity. Recently, a
computationally efficient 2D filter design approach using sampling-kernel based interpolation and
frequency transformation is proposed for the design of sharp 2D FIR filters [13], which focusses on
reducing the implementation complexity of the 2D filters. The major drawback of this approach is the
design complexity in yielding the optimal lengths of the different sub-filters.
This paper proposes a novel implementation structure for 2D filters of reduced hardware complexity in
frequency domain. The proposed implementation structure makes use of the theory of the design of
interpolation filters using 1D Farrow structure. The proposed implementation structure realizes the
polyphase components corresponding to each row in the filter kernel using the Farrow structure, and the
overall 2D filter is realized using a set of parallel Farrow structures, all tunable with the same fixed set of
fractional delays. The coefficients obtained from each Farrow structure using the different fractional
delays are suitably interpolated to realize the individual rows in the 2D kernel. The total delay involved in
the realization of the individual row filters reduces to K, where K represents the order of each polyphase
subfilter. The proposed low complexity implementation of the 2D filter has been demonstrated for
circular 2D filters and fan-type filters, and can be extended to other types such as elliptical and diamond
filters. The quadrantal symmetry of the 2D circular and fan-type filter kernels, which are designed using
the existing transformation based approaches, ensure the filter coefficients h(n1, n2) to satisfy the
condition h(n1, n2) = h(N − n1, n2) = h(n1, N − n2) for a 2D filter of order equal to N×N. This can also

be effectively utilized in reducing the hardware complexity. The proposed method offers effective
hardware implementation and better complexity reduction than the state of art methods.
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Disadvantage:
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More complexity in Crucial area
More power dissipation
More delay

Proposed system:

In this recent digital signal processing applications, will have lot of filter designs in finite impulse
response method, in such as it will take more complexity in 2D domain thus it will take more hardware
complexity in crucial area and more critical paths, here this proposed work will presents a Farrow
structure based interpolation filter design using the polyphase decomposition of 1D filter which
effectively utilized in 2D digital domain, here this polyphase decomposition and Farrow structure will
implemented using truncation multiplier, this truncation method will reduced the hardware complexity in
internal and external part of multiplication and additions, thus it will provide n x n of n output in all sub
filters. Finally this work presents in VHDL and synthesized in XILINX FPGA, and compared in terms of
area, delay and power.

Figure 1: Proposed 2D filter (a) 2D filters with 1D polyphase decomposition (b) Realization of
individual sub-filters C{i} k (z1,z2) in the proposed structure (c) Proposed 2D filter using
Farrow structure based interpolation filter.

The 2D filter coefficients for any given specifications are obtained using any of the existing design
approaches. On obtaining the filter coefficients, the filters designed using the optimization based methods
as in are realized using direct form structure and those designed using the transformation based methods
are realized using the Chebyshev structure either in frequency domain or time domain. Eventhough the
time domain realization of the 2D filter based on Chebyshev recursion formula as in provides a low
complexity implementation structure, the delay involved in the 2D filtering operation using this structure
is very high. A suitable solution is to make use of the frequency domain realization using the Chebyshev
structure as detailed, where delay can be reduced due to direct multiplication of the incoming 2D signal
with the coefficients of the 2D transformation kernel and the 1D filter coefficients. But, on the other hand,
the implementation complexity of this approach is very high. A trade-off between the implementation
complexity and delay is to be maintained, which is ensured by the proposed low complexity
implementation structure in frequency domain. The major highlight of the proposed technique is that it is
compatible for time-domain as well as frequency-domain based realization. The proposed method utilizes
the concept of polynomial approximation based interpolation filter design for realizing the individual row
filters in the 2D frequency response. In general, the frequency response of a 2D filter is given by
H(ω1, ω2) = N1 n1=0 N2 n2=0 h(n1, n2)exp(− jn1ω1)exp(− jn2ω2)
where h(n1, n2) represents the 2D filter coefficients of the filter of size (N1 + 1) × (N2 + 1). The proposed
filter structure is based on the 1D polyphase decomposition of each row of the 2D filter after the
coefficients in the filter kernel are derived using any of the existing design methods. The filter
coefficients of each row in the 2D filter kernel, obtained by transformation method, corresponds to a
linear phase 1D FIR row filter.
A. 1D Polyphase Decomposition
The proposed approach starts with the polyphase decomposition of the transfer function corresponding to
the individual rows of the 2D filter kernel as shown in Fig. 1a. Here, first we consider the case of 2D
filters of order N1 × N2 with even N1. The 2D transfer function is expressed using Mth order polyphase
decomposition of each of the individual ith row in the 2D filter kernel (for i = 0, 1..N2) as

The polyphase components Em(z1,i) corresponding to each of the ith row in (6) can be represented in a
generalized form as E{i} m (z1,z2). In the case of even order row filters, the interpolation order M for
polyphase decomposition is to be chosen such that N1 = M N0, for any integer N0. The polyphase
components of each of the ith row filter can be expressed as

For the case of a 2D low pass filter (LPF) having quadrantally symmetric response, the individual row
filters should ideally represent an ideal LPF, so that H(z1,i) ≈ z−i 2 z − N1 2 1 . This implies that the
different polyphase components (E{i} m (z1,z2)) of each of the ith row filter closely approximates an all
pass function with a delay equal to N1 2M − m M along the z1 direction (m=0,1,...M-1) in the pass band
(PB) region, so that

Hence, in the case of even N1, the zeroth polyphase component E{i} 0 (z1,z2) of each row approximates
a fixed integer delay z − N0 2 1 , while the remaining polyphase terms E{i} m (z1,z2) (for m = 1, 2, ..M −
1) closely approximate a fractional delay of z −( N0 2 − m M ) 1 . The polyphase components of each ith
row filter approximating fractional delays can be expressed in matrix form as

where K = N0 and the polyphase coefficient matrix corresponding to the ith row of the 2D filter is given
by,

B. Polynomial Approximation of the Polyphase Coefficients
The low complexity 2D filter is derived by polyphase decomposition of the individual row filters of the
2D kernel and by approximation of each of the polyphase coefficients using a polynomial in terms of a set
of fractional delays. Filter coefficient implementation using polynomial approximation in terms of the
fractional delays is based on the concept of the design of 1D interpolation filters using Farrow structure.
The polynomial approximation in terms of the fractional delay, works effectively for the coefficients of
the polyphase components E{i} m (z1,z2) for m = 1, 2, ...M − 1, since they approximate a fractional delay
equal to m/M. The coefficients in each mth row of the polyphase coefficient matrix P{i} correspond to
the coefficients of the polyphase term E{i} m (z1,z2). The polyphase decomposition of the row filters of
H(z1,z2) of order N1 using an interpolation order of M, results in M number of polyphase terms
corresponding to each row of H(z1,z2). The number of coefficients in each polyphase term is N0, except
for the zeroth polyphase term, where it is N0+1. But, since the zeroth polyphase component approximates
an integer delay, it is excluded from polynomial approximationThese coefficients in turn, correspond to
the coefficients of different filters approximating varying fractional delays equal to m/M. Each coefficient
set h j consisting of M-1 coefficients is polynomial approximated to an Lth order polynomial in terms of
the delay parameter μ, where μ takes a set of M-1 values equal to m/M for m = 1, 2, ...M−1. Hence, the
approximated Lth order polynomial takes the form h j = cL(j,i)μL + cL−1(j,i)μL−1 + ...c1(j,i)μ + c0(j,i),
so that the polynomial evaluation with any μ = m/M reconstructs the mth coefficient in h j . The
polynomial approximation is done for all h j ( j = 1, 2, ..K) so that (9) can be rewritten as

which can be diagrammatically demonstrated using Fig. 1a-1c. The polyphase decomposition of the
individual row filters of the 2D kernel is shown in Fig. 1a. The overall structure of the proposed low
complexity 2D filter of size N1 × N2 is shown in Fig. 1c and the realization of the individual sub-filters in
the proposed 2D structure is shown in Fig. 1b. The proposed structure consists of N2 levels, where each
level corresponds to each row filter. In each level, the row filter is implemented using polynomial
approximation. The polynomial coefficients of each μk for k = 0, 1, ..L, together form the sub-filters in
the proposed 2D structure. Hence, each level consists of L +1 number of linear phase sub-filters which are
1D FIR filters. In each level, the filter coefficients reconstructed from the Farrow structure for each value
of μ are suitably interpolated by an order equal to M to reconstruct the coefficients of the row filter. For
the case of 2D filters of order N1 × N2 with odd N1, the interpolation order M for polyphase
decomposition is chosen in such a way that N1 + 1 = N0M. In this case, the zeroth polyphase term are
also considered for polynomial approximation, since these terms also correspond to fractional delay
filters.

1.1.1 Reduction of Parallel Tree Multiplier
A parallel tree multiplier design consists of three steps, i.e., PP generation, PP reduction, and final
carry propagate addition. PP generation produces PP bits from the multiplicand and the
multiplier. The goal of PP reduction is to compress the number of PPs to two, which is to be summed up
by the final addition. The two most famous reduction methods are Wallace tree and Dadda tree
reductions. Wallace tree reduction manages to compress the PPs as early as possible, whereas Dadda
reduction only performs compression whenever necessary without increasing the number of carrysave addition (CSA) levels.
Here we achieve around 33% area optimization and 20% Fmax enhancement with the same performance.
The two most famous reduction methods are Wallace tree and Dadda tree reductions. Wallace tree
reduction manages to compress the PPs as early as possible, where as Dadda reduction only performs
compression whenever necessary without increasing the number of carry-save addition (CSA) levels.
Here we design a multiplier based on Wallace tree only.

Figure 2 : proposed truncation multiplier

Figure 3 : proposed truncation multiplier
Proposed Truncated Multiplier Design:
PP truncation and compression
The objective of the truncated multiplier design is to compute P MSBs of the product with a
maximum truncation error of no more than 1 ulp, where 1 ulp = 2−P.The FIR filter design in this
brief adopts the direct form is shown in figure. where the MCMA module sums up all the products
aˆi × x[n − i]. Instead of accumulating individual multiplication for each product, it is more efficient
to collect all the PPs into a single PPB matrix with carry-save addition to reduce the height of the
matrix to two, followed by a final carry propagation adder. In order to avoid the sign extension bits, we
complement the sign bit of each PP row and add some bias constant using the property s¯ = 1

− s, where s is the sign bit of a PP row, as shown in Figure. All the bias constants are
collected into the last row in the PPB matrix. The complements of PPBs are denoted by white circles
with over bars.
In the proposed truncated multiplier design in FIR filter implementation, it is required that the total
error introduced during the arithmetic operations is no larger than one ulp. compares the two
approaches. In the removal of unnecessary PPBs is composed of three processes: deletion,
truncation, and rounding. Two rows of PPBs are set undeletable because they will be removed at
the subsequent truncation and rounding .
........... ....................................................................................................................................
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More complexity in Crucial area
More power dissipation
More delay
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However, the heterogeneous nature of modern reconfigurable devices is not usually considered during

design optimization. This paper proposes an algorithm that explores the implementation architecture of 2D
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