
International Journal of Industrial Electronics and Electrical Engineering, ISSN: 2347-6982 Volume-2, Issue-8, Aug.-2014 

A Novel Multirate Weighted Fir Filter Design Using VLSI 
 

106 

A NOVEL MULTIRATE WEIGHTED FIR FILTER DESIGN USING 
VLSI 

 
1K. MOHANA KRISHNA, 2C.MOHAN RAO, 3G.HARINATH REDDY 

 
1student, Dept of Electronics and Communication Engineering, N.B.K.R Institute of Science and Technology, Nellore, India 
2associate Professor, Dept Of Electronics And Communication Engineering, N.B.K.R Institute Of Technology And Science, 

Tirupati, India 
3HOD, Assistant Professor, Dept of Electronics and Communication Engineering, N.B.K.R Institute of Technology and 

Science, Tirupati, India 
E-mail: 1krishna.mohana998@gmail.com, 2c_mohanrao@yahoo.com, 3reddyghr@gmail.com 

 
 
Abstract: A new class of FIR filtering algorithms and VLSI architectures based on the multirate approach were recently 
proposed. They reduce the computational complexity in FIR filtering, and also retain attractive implementation related 
properties such as regularity and multiply-and-accumulate (MAC) structure. In addition, the multirate feature can be applied 
to low-power/high-speed VLSI implementation. These properties make the multirate FIR filtering very attractive in many 
DSP and communication applications. In this paper, we propose a novel adaptive filter based on this new class of multirate 
FIR filtering structures. The proposed adaptive filter inherits the advantages of the multirate structures such as low 
computational complexity and low-power/high-speed applications. Moreover, the multirate feature helps to improve the 
convergence property of the adaptive filter. 
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I. INTRODUCTION 
 

A digital filter is a system that performs 
mathematical operations on a sampled or discrete 
time signal to reduce or enhance certain aspects of 
that signal. One type of digital filter is FIR filter. It is 
a stable filter. It gives linear phase response. 
Pipelining and parallel processing technique is used 
in FIR filter. Pipelining operation takes place in an 
interleaved manner. Pipelining done by inserting 
latches (delay element) in the system. It increases the 
overall speed of the architecture but the hardware 
structure and system latency will increases. Hardware 
structures increases due to inserting pipelining 
latches. For M level pipelining M-1 delay elements 
required. Latency is the difference between the 
availability of first output in the sequential system 
and the pipeline system. At every clock cycle it will 
operate multiple inputs and produced multiple outputs 
is called parallel processing. It required extra 
hardware. Both pipelining and parallel processing has 
disadvantages. For FIR filters, output is a linear 
convolution of weights and inputs. For an Nth-order 
FIR filter, the generation of each output sample takes 
N+1 multiply accumulate (MAC) operations. 

Multiplication is strongest operation because 
it is repeated addition. It require large portion of chip 
area. Power consumption is more. Memory-based 
structures are more regular compared with the 
multiply accumulate structures; and have many other 
advantages, e.g., greater potential for high throughput 
and reduced-latency implementation and are expected 
to have less dynamic power consumption due to less 
switching activities for memory-read operations 
compared to the conventional multipliers. Memory 
based structures are well-suited for many digital  

 
signal processing (DSP) algorithms, which involve 
multiplication with a fixed set of coefficients. For this 
Distributed Arithmetic architecture used in FIR filter. 
 
Study Methodology 

Distributed arithmetic is an important 
technique to implement digital signal processing 
(DSP) functions in FPGAs. It provides an approach 
for multiplier-less implementation of DSP systems, 
since it is an algorithm that can perform 
multiplication with use of lookup table (LUT) that 
stores the pre-computed values and can be read out 
easily, which makes DA-based computation well 
suited for FPGA realization, because the LUT is the 
basic component of FPGA. 

These blocks have to be efficiently mapped 
onto FPGA’s logic resources. The major 
disadvantage of DA technique is that the size of DA-
LUT increases exponentially with the length of input. 
Several efforts have been made to reduce the DA-
LUT size for efficient realization of DA-based 
designs. The use offset-binary coding is proposed to 
reduce the DA-LUT size by a factor of 2. Recently, a 
new DA-LUT architecture for high-speed high-order 
has been introduced, where the major disadvantage of 
the FIR filters is vanished by using carry look ahead 
adder and the tri-state buffer. On the other side, some 
structures are introduced for efficient realization of 
FIR filter. Recently, novel one- and two-dimensional 
systolic structures are designed for computation of 
circular convolution using DA, where the structures 
involve significantly less area-delay complexity 
compared with the other existing DA-based structures 
for circular convolution. In the modified DA 
architecture is used to obtain an area time- power-
efficient implementation of FIR filter in FPGA. 
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Due to the vast advantages of the multirate 
FIR filtering algorithm and architecture, we are 
motivated to study a novel adaptive filtering scheme 
based on the multirate approach. Figure 2 shows our 
idea. Part (a) is the block diagram of a conventional 
LMS-type adaptive filter, where error signal e(n) is 
used to update the coefficients of the FIR filter so as 
to minimize the mean-squared error function, 
E[ez(n)]. In our approach, we replace the transversal 
filter with the multirate FIR filter. As a result, the 
new adaptive filter inherits the advantages of the 
multirate FIR structures such as low computational 
complexity, regularity, and low-power/high-speed 
applications. Also, the multirate feature can help to 
improve the convergence properties of the adaptive 
filters. The detailed algorithm and architecture are 
discussed in the following section. 

 

 

II. UPDATING ALGORITHM AND VLSI 
ARCHITECTURE 

 
In this section, we derive the updating equations and 
architecture of the proposed multirate adaptive filter. 
Mathematically, an N-th order LMS adaptive FIR 
filter can be described by the following equations. 

 
 
for k = 0,1,. . . , N - 1, where z(n) is filter input signal, 
wk(n) is the kth filter coefficient, d(n) is the desired 
response, and p is the step size. 
Due to the characteristics of the proposed multirate 
adaptive filter, the updating equations in Eq. (1) need 
to be modified. First, as can be seen from Fig. 1, we 
can treat the central part of the multirate FIR filter 
that operates at the frequency of f/ M as a block-
based FIR system. We may then employ the updating 
scheme in block LMS (BLMS) and rewrite Eq. (1) a 

 
Moreover, in the multirate FIR filtering scheme, the 
filter weights, wk for 0 5 k 5 M - 1, are decimated 
and grouped into M sub-filters with tap length equals 
to N' 2 N/M (assume that N is multiple of M.) The ith 
sub-filter, Wi, is composed of wi,j(n), for 0 5 j 5 N' - 
1. They can be related to wk(n) as  

 
and the subscripts i , j are used to denote the jth 
coefficient in the ith decimated sub-filter. Since Eq. 
(2) is a block based update operated at an M-times 
lower sampling rate, it will be convenient to define a 
new time index I. Single increment of I corresponds 
to M increments of the original index n. Besides, we 
also define the decimated signals as 

 
By applying above definitions and substituting n = 
MI into Eq. (2), we can derive the new weight 
updating equation for wi.j (n) as 

 
 

Furthermore, by using the fact of  xm-i(l)= 
xm- i + M (l- 1) for m -1  a < 0, the new updating 
equation of the proposed multirate adaptive filter can 
be rewritten as 
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For  and.   is defined as 
the estimated gradient of jth weight of the ith sub-
filter. A direct implementation of Eq. (4) is depicted 
in Fig. 3.It shows a regular realization of the 
proposed new updating algorithm with example of M 
= 3. By substituting Fig. 3 and Fig. l (b) into Fig. 
2(b), we can have the overall structure (including pre-
, post-processing networks, multirate filtering block, 
and the weight updating block) of the proposed 
adaptive filter in Fig 4. As can be shown in Fig. 3 and 
Fig. 4, both weight updating and multirate filtering 
block can be implemented in a very regular way, 
besides, we can also show that the updating equation 
in (4) can be applied for other choices of M and N. 
 
III. COMPLEXITY ANALYSIS AND 

COMPARISON 
 

Table 1 lists the required computational 
complexity of the filtering operation, error 
calculation, and weight updating among the standard 
LMS and multirate adaptive filters with M = 2 and M 
= 3 ' . Note that both the MPU and addition 
operations per unit sample (abbreviated as APU) are 
about the same in error calculation and weight 
updating operation for all approaches. The 
computational complexity saving comes from the 
multirate filtering operations. The overall 
computational complexity of the multirate adaptive 
algorithm is less than the one of conventional LMS. 
 

 
Figure 3 Direct Implementation of Weight updating block 

(WUB) M=3 

 
Figure 4.The Overall VLSI structure of the multirate adaptive 

filter with decimation factor 
 
As M of M=3 increases, the saving is more 
significant. In addition, the proposed approach still 
retains the MAC operations, which is preferable in 
programmable DSP implementation 
 

Table 1: the comparison of computational 
complexity and power for standard LMS and 

multirate adaptive filters 

  
Moreover, by following the arguments in 

[5], we know that the multirate system is very 
suitable for low-power/ high-speed applications. It 
can be shown that the lowest possible supply voltage 
Vdd’ for a device running at an M-times slower clock 
rate can be approximated by where Vt is the 
threshold voltage of the device. Assume the Vdd = 3v 
and Vt = 0.7V in original system (standard LMS).                                                             

 
Provided that the capacitance due to the 

multipliers is dominant in the circuit and is roughly p 
can adaptive filter as proportional to the number of 
multipliers, we estimate the power consumption of 
multi rate adaptive filter as Where Po denotes the 
estimated power consumption of the standard LMS 
adaptive filter. The required supply voltage and 
power consumption for multirate approaches with M 
=2,3 are listed in the last two rows of Table 1, where 
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C e,ff is the effective capacitance of a single 
multiplier. It shows that the power consumption is 
greatly reduced compared with the standard LMS, 
and the saving is more significant as M increases 
 

 
 
IV. APPLICATION TO DELAYED LMS 
 

In the VLSI implementation of Eq. (l), the 
long feedback path of the error signal imposes a 
critical limitation on its high-speed implementation. 
In applications which require high sampling rate or 
large number of filter taps, the direct implementation 
may not be applicable. To overcome the before 
mentioned speed constraint, the delayed LMS 
(DLMS) is usually adopted [7]. It uses a delayed 
estimation error to update the filter weights, i.e., the 
weight updating equation in Eq. (1) becomes 
 

 
The extra D can help to relax speed 

constraint within the feedback path of e(n). Hence, 
the transversal filter can be implemented as a D-stage 
pipelined FIR filter so as to handle the high-sampling 
input signal. One major disadvantage of the DLMS 
algorithm is its slow convergence rate [7]. That is, 
the optimum step size decreases as D increases, so 
does the convergence rate 

 

 

In the proposed adaptive filter, the tap length 
is only N' = N/M. As a result, for fully-pipelined 
designs, the delay stage is reduced from N of the 
standard DLMS architecture to N', which leads to 
improvement in the convergence rate. 
 

To verify our observations, we compare the 
ensemble averaged error between the conventional 
DLMS and the proposed multirate adaptive filter in 
the application of channel equalization [lo, Chap.91. 
Figure 5 and 6 show the learning curves for these two 
approaches in two different channels, where the 
Eigen value spread, x(R), of the received signal are 
6.08 and 21.71, respectively. Based on the results 
presented in Fig. 5 and Fig. 6, we can make the 
following observations: 

 
 The conventional DLMS behaves worst in 

terms of convergence rate and the steady state 
mean-squared error.  

 The multi rate adaptive filters with M = 2 and 
M = 3 have smoother convergence curves (less 
fluctuations.) The estimated gradient is 
averaged over M sample periods. Hence, the 
gradient estimation is more accurate. 

 The multi rate approach performs better in both 
convergence rate and steady state mean-squared 
error as M increases. It is due to the fact that the 
delay stage D is smaller than the conventional 
implementation. The phenomenon becomes 
clearer in more severe environment (larger 
Eigen value spread). 

 
CONCLUSION 
 

In this paper, a new adaptive structure based 
on the multi rate filter is proposed. By virtue of the 
advantages of multi rate FIR filtering algorithm, the 
proposed scheme can reduce the required 
computational complexity and reserve the MAC 
structure. It also improves the convergence rate and 
steady state error in running delayed LMS. 
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