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Abstract 

This paper presents the architectural implementation of adaptive LMS filter, using the suitable algorithms such as DLMS and 

NLMS. The existing DLMS adaptive filter is modified by using a 4-2 compressor for faster partial product computation which in 

turn reduces the area utilization and the power consumption. Then the normalized LMS filter is implemented as that of the 

DLMS filter with compressed error generated in DLMS filter. From the synthesis report it is found that the number of gate 

counts is reduced by the proposed system and the power consumption of the existing DLMS filter was found to be 90mW and 

that of the proposed DLMS and NLMS filter is 53mW and 65mW respectively. 
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________________________________________________________________________________________________________ 

I. INTRODUCTION 

THE LEAST MEAN SQUARE (LMS) adaptive filter is the popular and most widely used adaptive filter, not only because of its 

simplicity but also because of its satisfactory convergence performance [1], [2]. The direct-form LMS adaptive filter involves a 

long critical path due to an inner-product computation to obtain the filter output. The critical path is required to be reduced by 

pipelined implementation when it exceeds the desired sample period. Since the conventional LMS algorithm does not support 

pipelined implementation because of its recursive behavior, it is modified to a form called the delayed LMS (DLMS) algorithm 

[3]–[5], which allows pipelined implementation of the filter. A lot of work has been done to implement the DLMS algorithm in 

systolic architectures to increase the maximum usable frequency [3], [6], [7] but, they involve an adaptation delay of nearly  N 

cycles for filter length N, which is quite high for large order filters. Since the convergence performance degrades considerably 

for a large adaptation delay, Visvanathan et al. [8] have proposed a modified systolic architecture to reduce the adaptation delay. 

A transpose-form LMS adaptive filter is suggested in [9], where the filter output at any instant depends on the delayed versions 

of weights and the number of delays in weights varies from 1 to N. Van and Feng [10] have proposed a systolic architecture, 

where they have used relatively large processing elements (PEs) for achieving a lower adaptation delay with the critical path of 

one MAC operation. 

Ting et al. [11] have proposed a fine-grained pipelined design to limit the critical path to the maximum of one addition time. 

Also higher power consumption than in [10], due to its large number of pipeline latches. Further effort has been made by Meher 

and Maheshwari [12] to reduce the number of adaptation delays. Meher and Park have proposed a 2-bit multiplication cell, and 

used that with an efficient adder tree. Also the implementation of pipelined inner-product concepts to minimize the critical path 

and silicon area without increasing the number of adaptation delays are explained in [13][14]. The Normalized Least Mean 

Square (NLMS) algorithm [16] is a modified form of Least Mean Square (LMS) algorithm. This filter is preferred over LMS 

algorithm because of its particular characteristics of faster convergence, besides a lower mean squared error. A 4-2 compressor is 

used for partial product computation [17]. The proposed design is found to be more efficient in terms of the area and power 

compared to the existing structures. 

In the next section, we review the DLMS and NLMS algorithm, in Section 3, mathematical calculations are represented, and 

in section 4, we describe the proposed optimized architecture for its implementation.  In Section 5, we discuss the synthesis of 

the proposed architecture and comparison with the existing architectures. Conclusions are given in Section 6. 

II. REVIEW OF DELAYED AND NORMALIZED LMS ALGORITHM 

 DLMS Algorithm: 

DLMS adaptive algorithm is the extended version of LMS adaptive algorithm. Since the conventional LMS algorithm does not 

support pipelined implementation because of its recursive behavior. So here for the pipelined architecture implementation, 

DLMS ALGORITHM is used. 
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Fig. 1:  Conventional delayed LMS filter 

The existing system consists of, dn is the desired response, yn is the filter output, and en denotes the error computed during the 

nth iteration. μ is the step-size, and N is the number of weights used in the LMS adaptive filter. In the case of pipelined designs 

with m pipeline stages, the error en becomes available after m cycles, where m is called the “adaptation delay”. 

 
Fig. 2:  Modified DLMS filter 

Figure 1 represents the structure of the conventional delayed LMS adaptive filter. The adaptation delay of m cycles gives the 

amounts to the delay introduced by the complete adaptive filter structure. This structure includes finite impulse response (FIR) 

filtering and the weight-update process. The adaptation delay of conventional LMS can be decomposed into two parts. The first 

part corresponds to the delay introduced by the pipeline stages in FIR filtering and the second part corresponds to the delay 

involved in pipelining the weight update process. The latency for the computation of error is calculated in n1 cycles and the error 

computed by the structure at the nth cycle is en−n1. This error is used with the input samples delayed by n1 cycles to generate 

the weight-increment term. 

 Normalized LMS (NLMS) Algorithm: 

The normalized LMS (NLMS) algorithm is a modified form of the standard LMS algorithm. 

 
Fig. 3: NLMS Filter 

During the weight update in figure (2), the error with n1 delays is used, while the filtering unit uses the weights delayed by n2 

cycles. The DLMS algorithm decouples computations of the error-computation block and the weight-update block. The 
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pipelining method called feed forward cut-set retiming is applied to minimize the number of pipeline stages and the adaptation 

delay. The step size used is 0.25 for N=8. 

 Error Computation Block: 

The figure 4 shows the structure for error-computation unit of an N-tap DLMS adaptive filter. It consists of N number of 2b 

partial product generators (PPG) corresponding to N multipliers and a cluster of L/2 binary adder trees, followed by a single 

shift–add tree. 

 
Fig. 4: Error Computation Block 

 Structure of PPG: 

It consists of L/2 number of 2-to-3 decoders and the same number of AND/OR cells (AOC). Each of the 2-to-3 decoders takes a 

2-b digit (u1u0) as input and produces three outputs b0 = u0 · u1, b1 = u0 · u1, and b2 = u0 · u1, such that b0 = 1 for (u1u0) = 1, 

b1 = 1 for (u1u0) = 2, and b2 = 1 for (u1u0) = 3. The binary values b0, b1 and b2 along with w, 2w, and 3w are fed to an AOC.  

Where w, 2w, and 3w are in 2’s complement representation. The sign-extended to have (W + 2) bits each to take care of the sign 

of the input samples while computing the partial product. The most significant digit (MSD), i.e., (uL−1uL−2) of the input 

sample, the AOC (L/2 − 1) is fed with w, −2w, and −w as input since (uL−1uL−2) can have four possible values 0, 1, −2, and −1. 

 Structure of AOC: 

Each AOC consists of three AND cells and two OR cells. Each AND takes an n-bit input, a single bit input. It distributes all the n 

bits of input D to its n AND gates as one of the inputs. The other inputs of all the n AND gates are fed with the single-bit input b. 

Similarly, each OR cell takes a pair of n-bit input words and has n OR gates. A pair of bits in the same bit position in B and D is 

fed to the same OR gate. The output of an AOC is w, 2w, and 3w corresponds to the decimal values 1, 2, and 3 of the 2-b input 

(u1u0), respectively. The decoder along with the AOC performs a multiplication of input operand w with a 2-b digit (u1u0). The 

structure of PPG, which performs L/2 parallel multiplications of input word w with a 2-b digit to produce L/2 partial products of 

the product word wu. 

 Adder Tree Structure: 

Conventionally, we should have performed the shift-add operation on the partial products of each PPG separately.  However, the 

shift-add operation to obtain the product value increases the word length, and consequently increases the adder size of N − 1 

additions of the product values. To avoid such increase in word size of the adders, we add all the N partial products of the same 

place value from all the N PPGs by one adder tree. 

All the L/2 partial products generated by each of the N PPGs are thus added by (L/2) binary adder trees. The outputs of the L/2 

adder trees are then added by a shift-add tree according to their place values. Each of the binary adder trees requires log2 N 

stages of adders to add N partial product. And  the shift–add tree requires log2 L − 1 stages of adders to add L/2 output of L/2 

binary adder trees.2 The addition scheme for the error-computation block for a four-tap filter and input word size L = 8 is shown 

in Fig. 5. For N = 4 and L = 8, the adder network requires four binary adder trees of two stages each and a two-stage shift–add 

tree. In this figure, we have shown all possible locations of pipeline latches by dashed lines, to reduce the critical path to one 

addition time. If we introduce pipeline latches after every addition, it would require L(N − 1)/2 + L/2 − 1 latches in log2 N + 

log2 L − 1 stages, which would lead to a high adaptation delay and introduce a large overhead of area and power consumption 

for large values of N and L. On the other hand, some of those pipeline latches are redundant in the sense that they are not 

required to maintain a critical path of one addition time. The final adder in the shift–add tree contributes to the maximum delay 

to the critical path. Based on that observation, we have identified the pipeline latches that do not contribute significantly to the 
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critical path and could exclude those without any noticeable increase of the critical path. The pipelining is performed by a feed 

forward cut-set retiming of the error-computation block [15].  

 
Fig. 5: ADDER TREE structure 

 Weight Update Block: 

The structure for the weight-update block is shown in Fig. 6. It performs N multiply-accumulate operations of the form (μ × e) × 

xi + wi to update N filter weights. The step size μ is taken as a negative power of 2 to realize the multiplication with recently 

available error only by a shift operation. 

 
Fig. 6: WEIGHT UPDATE BLOCK 

Each of the MAC units therefore performs the multiplication of the shifted value of error with the delayed input samples xi 

followed by the additions with the corresponding old weight values wi.  All the N multiplications for the MAC operations are 

performed by N PPGs, followed by N shift– add trees. Each of the PPGs generates L/2 partial products corresponding to the 

product of the recently shifted error value μ × e with L/2.The number of 2-b digits of the input word xi, where the sub expression 

3μ×e is shared within the multiplier. Since the scaled error (μ × e) is multiplied with all the N delayed input values in the weight-



Efficient Adaptive LMS Filter with Reduced Power  
(IJSTE/ Volume 2 / Issue 12 / 090) 

 

 All rights reserved by www.ijste.org 
 

495 

update block, this sub expression can be shared across all the multipliers as well. This leads to substantial reduction of the adder 

complexity. 

The final outputs of MAC units constitute the desired updated weights. The MAC outputs are fed as inputs to the error-

computation block as well as the weight-update block for the next iteration. 

III. MATHEMATICAL REPRESENTATION 

The DLMS algorithm therefore uses the delayed error en−m, i.e., the error corresponding to (n − m)th  iteration for updating the 

current weight instead of the recent-most error. The weight-update equation of DLMS adaptive filter is given by 

 
The NLMS algorithm updates the coefficients of an adaptive filter by using the following equation: 

w⃑⃑⃑ (n + 1) =  w⃑⃑⃑ (n) +  μ . e(n).
u⃑ (n)

‖u⃑ (n)‖2
                              2.7      

We can also rewrite the above equation to the following equation: 

w⃑⃑⃑ (n + 1) = w⃑⃑⃑ (n) + μ(n). e(n). u⃑ (n)                            2.8 

where  μ(n) = μ/‖u⃑ (n)‖2 . 

In the previous equation, the NLMS algorithm becomes the same as the standard LMS algorithm except that the NLMS 

algorithm has a time-varying step size μ (n). This step size can improve the convergence speed of the adaptive filter. The NLMS 

algorithm is a potentially faster converging algorithm compared to the LMS algorithm. Faster convergence, however, comes at a 

price of greater residual error.  

The main drawback of the pure LMS algorithm is that it is sensitive to the scaling of its Input x (n). This makes it very hard to 

choose a learning rate μ that guarantees stability of the algorithm. The normalized least mean squares filter (NLMS)  as shown in 

fig 3, is a variant of the LMS algorithm that solves this problem by normalizing with the power of the input.  

IV. PROPOSED METHODOLOGY 

We proposed the adder tree structure with the 4:2 compressor in order to reduce the area and power of both DLMS and NLMS  

adaptive filters. Figure 7 shows the modified adder tree structure using compressor. The proposed architecture of adder tree with 

compessor  is used for both DLMS and NLMS adaptive filter to achieve faster multiplication in partial product generator (ppg) 

block. 

http://zone.ni.com/reference/en-XX/help/372357A-01/lvaftconcepts/aft_lms_algorithms/#standard
http://zone.ni.com/reference/en-XX/help/372357A-01/lvaftconcepts/aft_monitor_behave/#convergence
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Fig. 7: MODIFIED ADDER TREE structure 

A widely used structure for compressor is the 4-2 compressor [17]. A 4-2 compressor (Fig. 8) can be implemented with a carry 

bit between adjacent slices. The carry bit from the position to the right is denoted as cin while the carry bit into the higher 

position is denoted as cout. The two output bits in positions i and i + 1 are also referred to as the sum and carry respectively. 

 
Fig. 8: 4-2 compressor 

The following equations give the outputs of the 4-2 compressor. 

 

 Optimization:  

The adder tree and shift–add tree for the computation of yn can be pruned for further optimization of area and power complexity. 

To illustrate the proposed pruning optimization of adder tree and shift–add tree for the computation of filter output. We consider 

the filter length N = 4, word lengths L and W to be 8. The dot diagram of the adder tree is shown in Fig. 9. Each row of the dot 

diagram contains 10 dots, which represent the partial products generated by the PPG unit, for W = 8. We have four sets of partial 

products corresponding to four partial products of each multiplier, since L = 8. Each set of partial products of the same weight 

values contains four terms, since N = 4. The final sum without truncation should be 18 b. However, we use only 8 b in the final 

sum, and the rest 10 b are finally discarded. 

To reduce the computational complexity, some of the LSBs of inputs of the adder tree can be truncated, while some guard bits 

can be used to minimize the impact of truncation on the error performance of the adaptive filter. In Fig. 10, four bits are taken as 

the guard bits and the rest six LSBs are truncated. To have more hardware saving, the bits to be truncated are not generated by 

the PPGs, so the complexity of PPGs also gets reduced. 
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Fig 9: Dot diagram of DLMS Filter 

 
Fig 10: Dot diagram of modified DLMS and NLMS filters 

V. SIMULATION RESULTS 

Simulation is done in ModelSim and synthesis report is summarized by using Xilinx ISE 8.1.  
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Fig. 11: Snapshot of DLMS filter for L=8 N=4 

 
Fig. 12: Snapshot of modified DLMS Filter for L=8 N=4 

 
Fig. 13: Snapshot of NLMS filter for L=8 N=4 

Table – 1 

Synthesis Results 

ALGORITHMS USED NO OF LUTS USED NO OF GATE COUNTS DELAY(ns) POWER CONSUMPTION(mW) 

DLMS 1070 8230 14.012 90 

MODIFIED DLMS 1039 6441 16.86 53 

NLMS 1067 7500 26.86 65 

VI. CONCLUSION 

In this paper, we proposed an adder tree with 4-2 compressor in the existing DLMS adaptive filters and the performance of this 

filter is increased after the modification. Further the normalized LMS filter is implemented same as that of the DLMS filter 

which reduces the error generated in the existing DLMS filter. The compressor used in the adder tree structure reduces the partial 
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product computation time, area utilization and also the power consumption. For the existing DLMS filter the power consumption 

was found to be 90mW. Our modified DLMS filter consumes 53mW power and for NLMS adaptive filter the power 

consumption is 65mW. The implementation of the proposed design on FPGA is to be done in future work. 
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