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ABSTRACT

A subband block adaptive algorithm which has a
quadratic cost function as with the LMS is proposed.
The quadratic cost function is obtained through block
process to the each polyphase components of the de-
composed input signal by filter banks. This procedure
gives the coefficient update equation as same with the
block LMS algorithm. And a variable adaptive gain al-
gorithm which use the same cost function is applied to
the algorithm for increasing the convergence rate. The
algorithm with variable adaptive gain has good conver-
gence speed and small steady state error. Simulations
prove the performance of the new algorithm.

1. INTRODUCTION

In gradient type adaptive algorithm, the representa-
tive is LMS, convergence speed improvement has been
a major research theme during a decade. And it is
well known that its convergence speed has close related
to the adaptive gain and the computational complex-
ity[1][2].

There are two techniques for improving convergence
speed, time domain and frequency domain approaches.
In time domain case, many algorithms with variable
adaptive gain have been proposed, an important mem-
ber is normalized LMS algorithm[1], and other methods
used, for example, an optimum step size block of data
or a fuzzy based adaptive gain method[3][4].
Generally, frequency domain adaptive algorithms, which
update weight vector in frequency domain and have
similar recursions of the block LMS algorithm are usu-
ally advantageous in computational complexity[2]. Spe-
cially, the subband adaptive technique which is regard
as frequency domain method even though it may not
utilize the FFT brings down the eigenvalue spread of
the input signal correlation matrix of each band[5].
Both of the frequency domain methods generate ap-
proximately uncorrelated signals using the FFT or the
filter banks. Therefore gradient adaptive filters that

are realizes in the frequency domain have good conver-
gence behaviors.

In subband adaptive filtering, the computational com-
plexity can be reduced by polyphase decomposed adap-
tive filter structure[5][6]. In the case, the convergence
speed is increases as increase the number of bands in
the filter. However, if the cost function is linear combi-
nation of squared errors of each bands, the cost function
is not quadratic form of filter coefficients of each bands.
So, the convergence analysis is performed asymptoti-
cally[5].

In this paper, we proposed a new block subband adap-
tive algorithm. This method use the block input of each
polyphase decomposed adaptive filters for a quadratic
cost function. And we apply optimum variable adap-
tive gain to the algorithm for improving the conver-
gence speed when the LMS is used as adaptive algo-
rithm. The PR(Perfect Reconstruction) filter banks
are used to avoid any distortion in analysis and synthe-
sis[6]. In our presentation, we show the performances
of the suggested algorithm by comparing simulation
results with the conventional subband adaptive filter
in[5].

2. BLOCK SUBBAND ADAPTIVE
FILTERING

The subband adaptive filter structure using polyphase
decomposition and noble identities is shown in Fig.
1[5]. Here, S(z) is the unknown system with length 2L,
and Sp(z) and S1(z) are polyphase components of the
estimated unknown system. Hy(z) and Hj(z) are the
analysis filters. The subband components of the input
z[n] are obtained by decimation from the outputs bg[n]
and bi[n] of the filters Ho(z) and H;(z). The error
signals eg[n] and e;[n] are used to update the coeffi-
cients of the filters So(z) and S;(z) through adaptive
algorithm. Generally, in gradient adaptive algorithm,
a quadratic cost function is desirable for the algorithm
surely converges to global solution.
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Figure 1: The subband adaptive filter structure

In the structure of Fig. 1, to obtain the instanta-
neous gradient like as the LMS, a cost function can be
obtained as linear combination of squared errors ey?[n]
and e;?[n], but it is not quadratic function of the co-
efficients of the filters Sg(z) and S (z)[5]. To obtain
a quadratic cost function, we process the input signals
Zoo[n], To1[n], z10[n] and z11[n] to L-point blocks re-
spectively. The L x L block(matrix) of zgo[n] is Xoo[n].

Zoo [TL] Zoo [’I’L — L + ].]
IL‘()()[’I’L + ].] .’L'O()[n — L+ 2]
Xoo[n] = : .
Zoo [TL + L — ].] Zoo [n]
(1)
As with the same method, we can get Xo1[n], Xio[n]

and Xji[n] corresponds to zo1[n], zi0[n] and z11[n],
respectively. All the blocks of the input signal compo-
nents make the 2L x 2L matrix X[n] as follows.

_ | Xoo[n] Xoi[n]
B X10 [TL] X11 [’I’L] (2)

And the L x 1 vectors of yo[n] and y;[n] are given by

X([n]

yoln] = [yo[n], yoln + 1], -+, yoln + L= 1]]7  (3)

yiln] = [yl yiln + 1), o+ L— 117 (4)

,where T' denotes transpose. Similarly, we obtain dg[n],
di[n], eo[n] and ej[n] of do[n], di[n], eg[n] and e;1[n],
respectively. From the equation (2), (3) and (4), we
have outputs

= [kl ek [] @

and can be expressed simply by

XnS, = Yo (6)

And the errors are given by

B.=o,-vo= [ 3] -[ V0] @

Then, according to [7], the cost function of this case is
defined as

_ 1 T
U, = BB, Ey] (8)

where E[-] denotes the expectation operator. The in-
stantaneous estimated cost function is given by

o ~ 1 N ~ ~
¥,.(S,) = i([DnTDn]—2[DnTXn]Sn+S£ X, 'X,]S,)
9)
as similar with the LMS. From equation (9), we know
that the instantaneous cost function is quadratic func-
tion of §,,. The negative partial derivative of equation
(9) with respect to §,, is a estimated gradient vector p,
which is given by
A ~ 1 T
pPrn=-V¥,(S,) = EX" E,. (10)
Therefore, the adaptation equation of the block sub-
band filter can be expressed as

8,11 =S, + %XHTE" (11)

where p is a adaptive gain. The adaptive gain must
satisfy the condition, for the stability of the algorithm,
O<u< ﬁ , where A,q. is the largest eigenvalue of
XT, X, [1][5].

3. VARIABLE ADAPTIVE GAIN FOR THE
SUBBAND BLOCK ADAPTIVE FILTERING

Generally, the adaptive algorithm is more preferable to
have a variable adaptive gain than have fixed one for
a fast convergence[1][8]. The update equation with a
variable adaptive gain can be given by

Sn—i—l = Sn + HnPn (12)

where p,, is the estimated gradient in equation (10).
For the variable adaptive gain to be optimum at each
iteration, it is need to select a proper function which
have to be minimized with respect to the adaptive gain.
With the similar method in [8], a function for the opti-
mum adaptive gain is derived by substituting equation
(12) to (9).



‘i’n(sn+1) = ‘i’n(sn + ann)

2
= ‘Iln(sn) - ,UnPZPn + g—"PZ[szn]Pn
X (13)
From equation (13), we know that ¥($,4+1) — ¥(S,,)
is quadratic of u,. Therefore, the optimum adaptive
gain at every iteration is obtained by differentiating the
quadratic function with respect to p, and set to zero.

PLPn

opt _ .
PLXIX,pn

Mo, (14)
It will be shown in the next section that the amount
of additional computation for optimal p, does not ex-
ceed the convergence speed improvement due to the
optimization.

4. SIMULATION RESULTS

In this section, we prove the good convergence proper-
ties of the subband block adaptive algorithm with fixed
and variable adaptive gain. The performances are eval-
uated on the normalized coefficient error vector norm
and the squared error in decibels respectively. The nor-
malized coeflicient error vector nom was defined in [5]
as follows.

vlv,

101log;, S7S, (15)
, where v,, is the difference with the unkown system co-
efficient vector S and adaptive filter coefficient vector
S,.. In fixed gain case, the simulation results are com-
pared with the fullband adaptive algorithm(NLMS) and
subband adaptive filter of two bands in [5]. And the
performances of the variable gain algorithm are com-
pared with the fixed gain adaptive filter of this pa-
per. The simulation conditions are set similarly with
[5] for the performance comparison. The input signal
is modeled as first-order autoregressive process with

white Gaussian noise wn],

z[n] = pz[n — 1] + wn] (16)

In simulations, p is fixed at 0.8., the length of unknown
system is 8. And we added -30 dB system noise, the
analysis filters are the Daubechies filter of order 16[9].
Simulation results of the fixed gain algorithm about
the coefficient error vector norm and squared error are
shown in Fig. 2. From this plots, we know that the
convergence speed of the proposed algorithm is better
than that of the other algorithms.

In Fig. 3, the norm and squared error are plotted for
the variable gain algorithm. Note that the speed of
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Figure 2: Comparison of the performance of the sub-
band block algorithm, the subband algorithm, and
NLMS(adaptive gain are 0.0051, 0.0043, and 0.54 re-
spectively)



convergence is improved considerably. From the com-
parison of the Fig. 2(d) and Fig. 3(b), we know that
the steady state behavior is improved by the variable
adaptive gain. These experimental results explain the
fast convergence and small steady state error associated
with the algorithm.
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Figure 3: Performance comparison of the subband
block algorithm with fixed and variable adaptive
gain(fixed gain and initial value of the variable gain
are same value of 0.0051)

5. CONCLUSIONS

This paper presented a subband block adaptive algo-
rithm. The algorithm use a quadratic cost function to
update filter coefficients. The cost function was ob-
tained by using the 2L x 2L input matrix which is
composed of block matrix of the polyphase input com-
ponents. The variable adaptive gain algorithm was de-
rived, and applied to the algorithm for improving the
convergence speed. The experimental results showed
good convergence performances which is due to the or-
thogonality of the input signals decomposed by filter
bank and the accurate estimation of the stochastic gra-
dient by block procedures. And, the small steady state
error resulted from the variable adaptive gain was mea-

sured also. The good properties of the algorithm will
be improved by increasing the band of filter banks.
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