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ABSTRACT 

An efficient approach for the computation of the 
optimum convergence factor for LMS/Newton algorithm 
applied to transversal FIR structure is proposed. The 
approach leads to a variable step size algorithm that 
results in a dramatic reduction in convergence time. The 
algorithm is evaluated in system identification 
applications. 

I. INTRODUCTION 

Recently a number of publications have proposed 
alternative variable step sizes methods to be employed in 
least mean square (LMS al orithms in order to improve 
its convergence rate [1\--[67. These approaches are in 
general efficient when the eigenvalue spread of the input 
signal autocorrelation matrix is moderate. 

When the input signal autocorrelation matrix has 
widely spread eigenvalues, more complex algorithms are 
required in order to achieve convergence at a reasonable 
speed. One approach is to use the transform domain 
adaptive filters [7]-(8 where the input signal vector is 

filter taps are updated througf the normalized LMS 
algorithm. The success of this approach depends on a 
deep knowledge of the input signal statistics [SI. 

Another approach is to use a fast convergence 
algorithm such as the LMS/Newton 191, that requires an 
appropriate choice of the convergence factor. In this 
paper, an optimum instantaneous convergence factor for 
this type of algorithm is first proposed that yields fast 
convergence and requires no information about the input 
signal statistics. The approach leads to a variable step 
size LMS/Newton algorithm applied to FIR transversal 
filter. Alternative algorithms for IIR filters are possible 
but they are quite different from the one proposed here 

Simulations in system identification applications 
are included to confirm the usefulness of the proposed 
approach. 

first processed throug 1; an ortho onal transform and the 

1101. 

rI. SQUARE ERROR VARIATION 

Consider the adaptive FIR filter shown in Fig. 1. 
The output signal is given by 

where wk and xk denote the tap weights vector and the 
input signal vector respectively. 

The output error is given by 

t k  = dk -Yk . (2) 

The tap weights are adapted in order to minimize 
the Mean Square Error (MSE) defined as follows 

(3) 
A MSE = 5 = E[€;] 

The square error can be calculated by 

6; = d; + w: xk xT wk - 2 w? dk x k  (4) 

The MSE that would result if the filter coefficients were 
freezed at wk is given by 

& = E(€;] = E[di] + WT R wk - 2 WT P (5) 

where R = E[Xk Xz] is the input correlation matrix, and 
P = E[dk xk] is the cross correlation between the desired. 
response and the input signal vector. 

From (5) it follows that 

t k + 1  = E[d;] -I- wTt1 R Wk+l - 2 wTt1 p. (6) 

By considering Wk+l = wk + A Wk, it follows 
that 

Since WT R Awk = AW; R wk due to the 
symmetry property of R, and using (4), the equation 
above can be rewritten as 

The gradient vector of (4) is 
V = 2 R wk - 2P, that by rearranging yields 

(8) 

given by 
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where 
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IV. SIMULATION RESULTS 

A comparison of the variable step size and the 
fixed step size LMS/Newton algorithms was made for a 
system identification application. The chosen unknown 
system was a seventh-order lowpass filter. The input 
signal was a white noise with unit variance. 

The number of iterations needed to achieve an 
MSE smaller than 10-10, for the identification of the 
filters mentioned above, was 79. The estimate of the 
mean square error at each instant of time was obtained 
by averaging the square error over 25 independent 
computer runs. The value of b in the present example 
w a s b = l .  

In another experiment, the LMS/Newton 
algorithm with fixed Q was applied to identify the 
seventh order filter, for a number of different values of a. 
As can be seen from Table I the best results were 
achieved with (Y = 0.08. The same problem was solved 
with the variable step algorithm, and as shown in Fig. 2 
the average value of m, taken from the last 100 samples, 
is very close to the best fixed cr found experimentally. 

It can be concluded that the variable step 
algorithm proposed, save the designer from choosing an 
appropriate value for cr. That guarantees fast conver ence 
without any special attention to the properties of the 
input signal correlation matrix. 

Faster convergence is achieved when b is close to 
its lower bound since in this case as b * 1/2 then * 1/2 
that is the optimum value for the ideal Newton 
algorithm. However, this value of b can make the 
LMS/Newton diverge. In table 11, is illustrated the 
number of iterations required to identify the 
seventh order plant used in the previous examples. As 
can be noted values of b closer to 1/2 yield faster 
convergence. In general, good results are obtained by 
choosing b in the range 0.6 5 b 5 1. 

where the symmetry property ( i i - ' ) k  was used. 

Defining 

Tk = xT(R-')k-l xk 

The value of cuk such that 5% = 0 is given by 
a@ 

1 ffk  = 
1 - Tk + 2Tkb 

and also 

so that it can be concluded that ffk in (26) is a minimum 
point. 

The variable step size given in (26) must be 
limited by 

1 when Tk < 1, where b > 2' In this case, convergence 
restrictions in (14) and (15) are automatically satisfied, 
and a step size larger than the optimum step size for the 
Newton algorithm is not possible. 

[ 31 

[ 41 
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