A dual filtering scheme for nonlinear active noise control
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1. INTRODUCTION

Active noise control (ANC) (e.g., [1-4]) is concerned with the reduction of undesired acoustic noise
through the application of secondary acoustic sources designed to cancel the noise by destructive
interference. Both adaptive feedforward and feedback techniques have been proposed for this pur-
pose, the former solution being often preferred due to the inherently time-varying characteristics
and the delays involved in the sound transmission dynamics [1].

In the adaptive feedforward setting a reference signal, well correlated with the noise source, is
suitably filtered by the controller to provide the driving signal for the secondary acoustic source, in
order to maximize the noise reduction at a given measurement location. The system dynamics seen
by the controller is generally denoted secondary path (SP), as opposed to the primary acoustic path
(PP) that carries the offending noise. The controller is generally implemented as an adaptive filter,
whose parameters (weights) are tuned by means of an adaptive algorithm of the least mean squares
(LMS) family. Two widely used adaptive algorithms for this purpose are the filtered-x LMS
(FXLMYS) and the filtered-u LMS (FULMS) algorithms [1]. These schemes are particularly appeal-
ing in their simplicity, because the gradient of the error with respect to the filter parameters can be
simply calculated by a filtering operation.

Several sources of nonlinearity may affect the described system, ranging from the noise char-
acteristics [5] to the dynamics of the involved acoustic paths [6]. Distortion and saturation of
microphones, amplifiers, loudspeakers and converters are commonly experienced in practice [7].
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Specific models and algorithms must be employed to properly account for these nonlinearities. In
this respect, several nonlinear ANC (NANC) approaches have been recently introduced in the liter-
ature that use different types of nonlinear control filters [7-23]. Most of these methods rely on the
linear SP assumption, which allows a direct extension of the basic FXLMS and FULMS schemes to
the nonlinear case [10, 14, 15, 17-19, 24]. The more general case where the assumption of linearity
of the SP is relaxed poses a much harder challenge [20,22, 23] for two main reasons:

1. The minimization of the squared instantaneous error as in the LMS-type methods requires
the calculation of the error gradient with respect to the filter weights. The latter depends in
a complex way on the input/output gradient of the SP, and its calculation requires the appli-
cation of nonlinear recursive filtering operations, whose stability cannot be guaranteed, let
alone the computational complexity [23]. Crude simplifications (Feintuch’s assumption, [25])
are generally adopted to solve this issue, but they affect the accuracy and performance of the
approach.

2. The introduction of a model structure selection procedure, as commonly carried out in nonlin-
ear model identification, is crucial in NANC applications, because the number of parameters of
a nonlinear model rapidly increases with its flexibility (curse of dimensionality), posing unre-
alistic demands on the ANC system in terms of computational load and memory requirements.
Besides, it is well known that model overparametrization is responsible for a host of undesired
effects, such as overfitting, parameter fluctuation, poor model generalization capabilities, local
minima and even model instability (e.g., [26-28]). The potential benefits of model structure
selection for NANC applications have been emphasized in [23]. Unfortunately, the indirect
model identification setting of the NANC problem, due to the presence of the SP between
the filter to be estimated and the available error signal, prevents the inclusion in the adapta-
tion scheme of online model selection algorithms already available in the literature, which are
based on a direct model identification setting.

To address both these issues, an alternative NANC scheme is proposed in this work that operates
in the general setting where the SP is assumed to be nonlinear, but configures the control filter adap-
tation in a direct identification mode. The proposed approach is inspired by the modified FXLMS
scheme described in [29], where the control filter is adapted as if it were commuted with the SP,
and a compensating scheme is included to account for the commutation error (see also [30,31]). The
latter is implemented as a secondary adaptation scheme, which identifies a modified SP to be used
to filter the reference signal in the primary adaptation loop. Accordingly, the novel NANC scheme
is denoted dual filtering LMS (DFLMS).

Thanks to the reformulation of the control filter adaptation problem as a direct identification one,
the DFLMS approach seamlessly allows the application of model selection algorithms to adjust the
structure of the filter model online. One online model selection algorithm recently introduced in [32]
has been tested for this purpose. Some simulation examples are provided to show the effectiveness
of the proposed NANC scheme.

The paper is organized as follows. Section 2 gives a model identification-oriented interpretation
of the ANC problem and clarifies the role of the SP. Section 3 briefly reviews NANC solutions found
in the literature. Section 4 discusses the DFLMS, providing also a comparison with the NFGLMS
in terms of computational complexity. Section 5 is devoted to the extension of DFLMS with online
model selection algorithms. The proposed algorithms are then tested and compared with alternative
techniques in Section 6. Some conclusions are drawn in Section 7.

2. INTERPRETATION OF ANC AS A MODEL IDENTIFICATION PROBLEM

The generic feedforward ANC setting is represented in Figure 1, where the noise signal is modeled
as a filtered version of the (measurable) reference signal x (k) through the (unknown) PP P, essen-
tially representing the acoustic path from the reference measurement to the error measurement. A
secondary acoustic source is suitably driven by a controller C to cancel the noise at the error mea-
surement location. Block S accounts for the SP, that is, the measurement and control chain, as well
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Figure 1. Block diagram of an adaptive feedforward active noise control system, where P, S and C denote
the primary acoustic path, secondary path and control filter, respectively, and x, d and e are the reference,
noise and error signals, respectively.
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Figure 2. Active noise control scheme with S and C commuted.

as the acoustic path from the secondary source to the error measurement. The error is defined as
e(k) =d(k) —y'(k),

where y’(k) denotes the filtered version of the control variable y (k) through the SP. The controller
is implemented as a parametric filter, whose coefficients (or weights) must be tuned to minimize the
error.

The general ANC scheme of Figure 1 can be essentially interpreted as a model identification
problem, where the objective is to find a model for the control filter C such that the series between
C and S behaves similar to P to the extent possible given the excitation characteristics of the ref-
erence signal x (k). The identification problem is indirect, in that the target output for model C is
not accessible, and the only information available is not directly related to the output of C, but to a
filtered version of it, through S

In a purely linear framework, and assuming that the adaptation process is sufficiently slow, the
scheme of Figure 1 is equivalent to that represented in Figure 2, where blocks C and S have been
exchanged. This suggests that C can actually be identified in a direct fashion as if it had the filtered
reference signal x’(k) as input and y’(k) as output.

This is the rationale behind the FXLMS and FULMS algorithms, where the block commutation
results in the filtering of the reference signal (and the controller output in the FULMS case), [1].
More precisely, assume a finite impulse response (FIR) control filter structure:

L
Yy =Y wnlk)x(k —m), (1

m=0

which can synthetically be represented in the general linear regression form:
y(k) = x (k)T w(k), 2

where x(k) = [x(k) x(k — 1) ... x(k — L)]T is the regressor vector, and w(k) =
[wo(k) wy(k)...wr(k)]T is the parameter vector at the kth iteration.
By using the stochastic gradient approach [1], the parameter update equation is derived as follows:

de(k)2 " ay' (k)T
w(k+1)=w(k)—%ai)((]z) =w(k)+uai}v§k;

e (k). 3)

#Vector quantities are indicated with boldface lower case letters.



Given that y'(k) = s(k) * (w(k)T x (k)), where s(k) is the SP impulse response and ‘x’ denotes
the convolution operator, the gradient appearing in expression (3) is approximated as

ay'(k) o
k) = s(k) xx (k) =x"(k),

although this equation rigorously holds only for constant w (slow adaptation hypothesis). Overall,
the FXLMS weight update equation becomes

wk +1)=wk) + px’(k)e(k). )

The same rationale is applied in the case of a control filter with infinite impulse response structure,
that is,

L L
vy =Y ailkyx(k —i)+ Y bjk)yk = j), (5)

i=0 i=0

and the corresponding FULMS weight update equation is formally equal to (4), with w(k) =
[ao(k)...ap(k) bi(k)...bp(k)]T and x(k) = [x(k) ... x(k—L) y(k—1) ... y(k — L)]T.
A simplification is applied to obtain the FULMS weight update rule, that is, the elimination of
the recursive terms in the computation of the error gradient, based on the so-called Feintuch’s
assumption [25].

These algorithms have been shown to converge surprisingly well in practice even if the slow
adaptation assumption does not hold. Some researchers have also examined in more detail the role
of the commutation error and have proposed variations of the standard FXLLMS scheme that take it
explicitly into account (e.g., [30,31]).

The commutability of blocks C or S is not possible in the general nonlinear case, and the previ-
ous algorithms cannot be extended as such unless the mentioned blocks possess specific structures,
as discussed in the next section.

3. NONLINEAR ACTIVE NOISE CONTROL METHODS

Nonlinear ANC methods are characterized by the use of a nonlinear control filter structure in the
ANC scheme.

3.1. Models and methods for NANC in the linear SP case

Truncated quadratic Volterra series [9—12], functional link artificial neural networks (FLANN) with
trigonometric [11, 14—17], or piecewise linear functional expansions [18], general function expan-
sion nonlinear filters [20], are examples of non-recursive nonlinear models that have been used in
the NANC context. As the FIR filter they are structurally BIBO stable. They all have a linear-in-the-
parameters structure and can be recast in the general linear regression form (2), where the elements
of x (k) are nonlinear functions of the recent samples of the reference signal.

The dynamics of the model can be essentially separated in a nonlinear input block followed by a
linear block, and the latter can be commuted with the (linear) SP, whereas the former takes care of
the signal filtering. As a result, the adaptation methods that have been proposed for these models,
that is, the Volterra FXLMS (VFXLMS) [9, 10], the filtered-s LMS for FLANN filters [14, 15, 24],
the filtered-x affine projection algorithm for both the adaptive Volterra filter and the FLANN struc-
tures [18], the filtered error LMS (FELMS) algorithm for FLANN filters [17], are all generalizations
of the FXLMS.

More compact models are generally derived with recursive filters, such as bilinear models [19],
recursive second order Volterra filters [21], recursive FLANN filters [22] or nonlinear autoregressive
models with exogenous variables (NARX) [33]. As noted, for example, in [19], recursive models
(even in the linear case) may be unstable unless the ANC algorithm is carefully designed, by suit-
ably setting the step size or adopting specific algorithmic modifications, such as the introduction of a



leakage factor. BIBO stability conditions have been derived for recursive Volterra filters [34], bilin-
ear models [35], second order polynomial models [36,37], recursive FLANN filters [22], essentially
relying on the asymptotic stability of the linear submodel and ensuring the boundedness of the non-
linear terms. Interestingly enough, only the former assumption is necessary for recursive FLANN
filters, given the specific bounded structure of the nonlinear terms [22].

Also, the error function depends nonlinearly on the coefficients and is therefore multimodal,
so that the (gradient-based) ANC algorithm may become stuck in a local minimum. This is not
considered an important limitation, as long as the noise reduction is still effective [4,19].

In principle, due to the recursive nature of the model, the weight update mechanism should include
the gradient of the SP, which implies computationally intensive recursive calculations. However,
these recursions are commonly simplified according to the already mentioned Feintuch’s assump-
tion [25], resulting in various generalizations of the FULMS algorithm, such as the bilinear FXLMS
(BFXLMS) [19] or the FELMS algorithm for recursive second order Volterra filters [17].

Besides the linear SP assumption, the main drawback of these approaches is that, in order to
achieve sufficient model accuracy, the number of parameters must be large, giving rise to models of
excessive size for parameter estimation purposes.

3.2. NARX models and model selection

In this work, we are mainly concerned with NARX models [33], which are a general nonlinear model
class that encompasses all the previously mentioned models, and for which several techniques have
been developed precisely to select the most appropriate and compact structure. The usage of NARX
models in ANC schemes was first suggested in [23].

The deterministic NARX model is an input—output recursive model where the current output is
given by a nonlinear functional expansion of lagged inputs and outputs:

y(k)=f(yk=1),....y(k = L), x(k),...,x(k = L)), (6)

where f(-) is a generic nonlinear function. For identification purposes function f(-) is parame-
terized through a suitable functional expansion, the truncated polynomial being the most common
choice. In that case, expression (6) can be rewritten as a linear regression of type (2) as well, the
regressors being monomials in the argumentsy(k—1), ..., y(k — L), x(k), ..., x(k — L).

The full polynomial expansion (up to a given degree /) is generally avoided for the mentioned
overparametrization issues, and efficient model selection methods have been developed to contain
the model size, such as the forward-regression orthogonal estimator (FROE) [38], the simulation
error minimization with pruning (SEMP) approach [28], and the fast recursive algorithm (FRA)
[39]. As noted in [23], the combined use of a flexible model structure such as (6) with a model selec-
tion technique can yield excellent results in NANC applications, and efficiently reduces the number
of weights to be updated on-line. On the downside, the application of standard model selection tech-
niques in the ANC setting, which includes the SP, is non-trivial, due to the indirect identification
setting of the problem.

Regarding the weight update mechanism, FULMS-type rules can be derived for NARX models
as well, in the linear SP assumption.

3.3. NANC methods for nonlinear secondary paths

The nonlinearity of the SP makes the NANC problem inherently more complex and few solutions
have been proposed in the literature so far for this more general problem. In [7, 13], multilayer arti-
ficial neural networks are used for this purpose. More recently, an adaptive control algorithm was
developed in [20] for general function expansion nonlinear filters, based on the so-called virtual SP
filter, which is related to the gradient of the SP. A FULMS algorithm for recursive FLANN filters
with the SP modeled as a Hammerstein filter is proposed in [22].

In the following, we will briefly review the nonlinear filtered-gradient LMS (NFGLMS) [23]
algorithm, which is derived from the cited algorithm of Zhou and DeBrunner [20], but is designed



for recursive-type models of the polynomial NARX class. Accordingly, let the adaptive control filter
be described as

y(k) = ¢ (k)" wik), @)

where z(k) = [y(k —1)...y(k — L) x(k)...x(k — L)], w(k) is the vector of (unknown) N¢
parameters, and the terms ¢;(z(k)) are monomials in the arguments z(k), that is, ¢;(z(k)) =
2L+1 2L+1
]_[ zi(k)Y?, 1;; being nonnegative integers such that0 < > [;; <1, j =1,...,Nc.
i=1
We will also assume that the SP can be described as a deterministic polynomial NARX model as

well, that is,

') =¥ (@ (k) v(k), ®)

where z/(k) = [y'(k —1)...y"(k — M) y(k)...y(k — M)], v(k) is a vector of (known) Ng
coefficients, and the {;(z’(k)) terms are monomials in the arguments z'(k), that is, {;(z'(k)) =
2M+1 B 2M +1
[T zi(k)™', mj; being nonnegative integers suchthat0 < >~ m;; <m, j =1,...,Ns.
i=1 i=1
Recalling the parameter update equation (3), one has to derive the gradient term y’, (k) =
dy’(k)/ow (k). The latter can be iteratively computed by means of the recursive nonlinear filter:

y (k) 2
9z'(k) "

where (k) = [tk — DT ...k — M) yu(0)T . yulk — MYTIT, with yu(k) =
dy(k)/dw(k), and the approximations

Y (k) = w(k), )

0y'(k —m) _y'(k—m) _
owk)  dwk—m)

Vi (k —m), (10)

dy(k —m) _ dy(k —m)
dwk)  dw(k —m)

= yw(k —m), (an

have been used, in the hypothesis that the step size is sufficiently small for slow convergence [1]. The
derivative of y’(k) with respect to terms z’(k), appearing in expression (9) can be easily computed
as follows (model (8) is assumed given or estimated):

dy'(k) _ aw @ k) "
0z’ (k) 0z' (k)

v(k),

0 (z' (k) v (z/ (k) . .
where ajz;(k) =1 ’f(k) d=1,....2M +1,j —1,..., Ns.

The derivative yy, (k) can be computed recursively by using the following nonlinear dynamic
filter:

dy(k ) k T
yul) = 20 _ gz 4 2D

Jw(k) w) C® (12)

where

39, (z(k)) Z ]lq»,(z(k))’ volk—i)j = 1. Ne.

dw (k)



employing once again the approximation (11). Notice that the last sum operator is extended only
to the y(-) terms of z(k). Finally, applying Feintuch’s assumption (e.g., [1, 25]), one obtains the
simplified expressions:

M

o 3y’ (k) .

y,,,(k)—;:l—ay(k_i)yw(k i), (13)
yw(k) = d(z(k)T, (14)

respectively. Equations (3), (13) and (14) constitute the NFGLMS, the name following from the fact
that the developed adaptation equation involves the filtering of the gradient of the controller output
with respect to its weights, instead of the reference signal. The NFGLMS has been successfully used
to deal with a NANC problem in which the nonlinearities are due to the saturation effects of the ref-
erence and error microphones. It was also shown in [23] that an a priori model selection phase that
tailors the model structure and size to the given problem can be extremely beneficial.

Most of the computational effort of the NFGLMS is due to the nonlinear filtering tasks result-
ing from the indirect identification scheme. The adoption of Feintuch’s assumption eliminates the
stability problems related to the involved nonlinear filters (by eliminating the recursive terms), but
only partially mitigates the computational issues. It also produces significant approximation in the
gradient calculation (especially in the nonlinear case), resulting in reduced performance. This moti-
vates the quest for alternative methods that can be cast in a direct identification setting, for further
reductions of the computational cost. Moreover, given the intrinsic time variability of the NANC
setting, it is also of interest to complement the adaptation method with an online structure selection
procedure, to keep the model tuned to the current system dynamics. Efficient methods are available
in the literature that could be employed for this purpose, provided that the problem be recast in a
direct identification setting.

4. THE DFLMS ALGORITHM

4.1. The proposed NANC scheme

For ease of notation let the expressions
y(k) = Cx(k), (15)

y'(k) = Sy(k), (16)

succinctly represent the control filter and the SP, C and S denoting the nonlinear dynamical oper-
ators corresponding to the NARX models of Eqs (7) and (8), respectively. Let also AB denote the
composition of two nonlinear dynamical operators, corresponding to the series connection of A and
B. Accordingly, the secondary signal y’(k) the standard ANC scheme can be also expressed as

y'(k) =8 y(k) = S(Cx)(k) = SC x (k). (17
Clearly, in general
y'(k) = SC x(k) # CS x(k), (18)

even if both nonlinear systems are assumed time-invariant.
However, there may exist an auxiliary nonlinear system .S such that

y'(k) = CS§ x(k).



In that case, the NANC scheme would be equivalent to that of Figure 2, with S in the place of the
true SP S, and a direct identification scheme could be applied for the identification of C, using the

filtered reference signal

%(k) = S x(k)

as input to C and the measured signal e(k) as modeling error. More precisely, from Eq. (3), the
controller weight update equation is obtained as

ay' (k)"
ow(k)

wk+1)=wk)+n e(k), (19)

where
y'(k) =SCx(k) = CSx(k)=Cx(k) =w(k)T x(k)

with X (k) = ¢(Z(k)), d;(Z(k)) being a monomial in the arguments Z(k) = [y(k—1)...y(k—L)
X(k)...X(k — L)]. The resulting weight update law is then simply:

w(k + 1) =w(k) + pnx(k)e(k), (20)

which is an extension of the FXLMS algorithm if C has a non-recursive structure or of the
FULMS otherwise.

Finding a general analytic expression for S such that the swapping condition (18) is satisfied is a
difficult task because of the nonlinearities introduced by the NARX controller and the SP. Actually,
there is no guarantee that an auxiliary nonlinear system S such that C S x (k) = SC x (k) exists, but
it is arguable that it is actually necessary. In the linear framework the estimated SP used to prefilter
the reference signal in the FXLMS is only required to be within a £90° phase range from S at
every frequency, for algorithm stability. Although a similar condition has not yet been proven in
the nonlinear domain, the simulation examples shown in the sequel show that excellent cancellation
performance can be achieved even with an approximate auxiliary system. Building on this, a dual
adaptation scheme is here proposed for the online estimation of .S, based on the minimization of the
commutation error

e(k) = y'(k) = y'(k) = y'(k) = CS x(k). @2n

The estimation of S confi gures an indirect identification problem where the (nonlinear) control fil-
ter C has the role of the SP, but, given the much less stringent accuracy requirements on S compared
with C, a fixed structure can be assumed for S, and an indirect algorithm such as the NFGLM§ can
be employed for its estimation, given the current controller C. More precisely, representing S also
as a NARX model:

x(k) =n(zk) ulk) (22)

where z(k) = [X(k —1)...X(k — M) x(k)...x(k — M)],u(k) is a vector of coefficients, and
n;(z(k)) is a monomial in the arguments z(k), j = 1,..., Ng; the NFGLMS weight update rule is
given by:

a5 (k)T
u(k—i—l):u(k)—i-y% k), 23)

where v is the step size of the auxiliary loop. The derivative in Eq. (23) is computed using the chain
rule as

Ay (k) _ wik)T I (2'(k)) 92’ (k)

(k) 92/ (k) ouk)’

(24)
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Figure 3. DFLMS scheme for NANC using NARX filters: dual adaptation of S (dash-dot lines) and C
(dashed lines).

using the gradient of C, where Z/(k) = [y(k—=1)...y(k —L) x(k)...x(k — L)] (see Section 3.3
for an efficient rule for computing the recursive expression (24)). Notice that both weight update
Eqgs (20) and (23) are computed on the basis of prefiltered signals. In (20) the filtering function is
S, whereas the filtered gradient of C is used in (23). Accordingly, the overall algorithm is named
DFLMS.

The proposed strategy is schematically depicted in Figure 3.

Notice that a model of the SP is required for the computation of the auxiliary error é(k), whereas
a copy of the current control filter is used in the auxiliary loop. In the implemented scheme, at each
step, the auxiliary model S is updated first based on the current controller output, and the control
filter C next using the filtered reference noise obtained with the updated S.

4.2. Computational complexity analysis

It is interesting to compare the computational complexity of the proposed DFLMS with the stan-
dard linear algorithm FXLMS, as well as the NFGLMS, which is also designed for general NANC
problems as the DFLMS. The three algorithms can be decomposed into three main steps that can be
analyzed separately [19]:

1. computation of the control filter output y(k) (and auxiliary system output X (k) for the
DFLMS);

2. computation of the filtered signals (x’(k), y'(k), y(k), or the filtered output gradient, as
appropriate); and

3. updating of the filters weights.

The obtained results for the analyzed approaches are summarized in Table I, where N¢, Ng and Ng
are the sizes of the control filter C, the SP S and the auxiliary block S, respectively, in terms of
number of parameters (the cost of computing nonlinear regressors from the elementary signals has
been overlooked in this analysis), and L and M are the maximum lags of the control filter and the
SP, respectively (L << N¢, M << Ng). Regarding the NFGLMS, notice that explicit formulas
for the calculation of the derivatives dy’(k)/dy(k — i) in expression (13) can be precalculated if
the SP is assumed fixed and given (or estimated). Even neglecting this cost, Eq. (13) requires M
products and M —1 sums for each of the N¢ regressors of C. Notice that, in terms of the respective
number of parameters, the FXLMS and the NFGLMS have equal complexity for steps 1 and 3 (step
2 costs more for the NFGLMS in view of Eq. (13)). The DFLMS (which combines the use of both
algorithms) has a generally higher cost. Furthermore, the NFGLMS and the DFLMS use a NARX
control filter model as opposed to a simple FIR as in the FXLMS. In the latter case N¢ = L + 1,
whereas a full quadratic NARX with the same maximum lag amounts to N¢ = 2L% 4 5L + 2 terms.
Thus, in practice, the NFGLMS and DLMS schemes are much costlier than the FXLMS, unless the



Table I. Computational complexity comparison of the active noise control algorithms.

# of
Method op.s Step 1 Step 2 Step 3 Total
FXLMS mult.s Nc Ng Nc +1 2N¢c + Ns +1
add.s Nc —1 Ng—1 Nc 2Nc + Ng =2
NFGLMS mult.s Nc NcM Nc +1 Nc(M +2)+1
add.s Nc —1 Nc(M —1) Nc Nc(M +2)—1
DFLMS mult.s Nc + Ng Ns + NgL Nc+Ng+2 2Nc+Nsg+Ng(L+2)+2

adds Nc+Ng=2 Ns—1+Ns(L—1) Nc+Ng 2Nc+Ns+Ng(L+1)-3

NARX model structure is suitably optimized. In fact, to achieve a sufficient accuracy with an FIR,
it is generally necessary to employ a large L, so that the FIR size is generally much larger than that
of an optimized NARX model.

The main advantage of the DFLMS is precisely that it allows to apply powerful online model
selection tools to reduce the size of the NARX control filter, as described in the next section. In
addition, the adaptation of the auxiliary block S, which is responsible for the quadratic term in the
complexity of the DFLMS, but is less critical, can be suitably downsampled to distribute the load
over several steps. In the latter case, the complexity of the DFLMS can be made much lower than
the NFGLMS, in practice.

5. NANC WITH ONLINE MODEL SELECTION

5.1. Online model selection techniques for NARX models

Several model selection techniques have been developed for NARX models, such as the already
mentioned FROE [38], SEMP [28], and FRA [39] algorithms. All of these techniques are based on
batch algorithms and can consequently perform the selection task only off-line, using a sufficiently
large collection of data. Recently, some efficient online model selection methods have also been
proposed [32].

The recursive forward regression with pruning (RFRP) algorithm is based on a recursive orthog-
onal least squares (ROLS) procedure that efficiently integrates model augmentation and pruning
to reduce processing time whenever new data are available. The selection is operated over a user-
defined candidate regressor set and a sliding window of data is used for model updating. When
a new datum arrives the current model is re-estimated and evaluated. If the accuracy has fallen
below a given threshold, a model structure modification is triggered. This consists in one or more
model addition/pruning iterations until the desired accuracy level is recovered. More in detail, at
each of these iterations the RFRP evaluates for possible inclusion all the regressors left out of the
current model, based on the error reduction ratio (ERR) criterion [38], which basically measures
the marginal model improvement obtained by adding each regressor. The regressor with the highest
ERR is then added to the model. Subsequently, it prunes redundant terms, as long as the combined
addition/elimination of terms improves the model accuracy. The main tuning knobs of the RFRP
are the size W of the data window and the accuracy thresholds for the overall model (Jy,,.5) and the
model increment (ERR,.s), respectively. An efficient implementation of the described algorithm is
described in [32]. It is also shown in the same reference that the RFRP provides excellent model
tracking, albeit at the cost of a significant computational load.

The ROLS-LASSO algorithm [32] also exploits the ROLS approach, combining it with the least
absolute shrinkage and selection operator (LASSO) statistical regularization method [40]. Although
slightly less accurate than the RFRP, the ROLS-LASSO is a much lighter method, suitable for time-
or computation-critical applications, and thus provides a viable low-cost alternative to the RFRP.

5.2. Integration of the RFRP online selection method in the DFLMS scheme

The main achievement of the DFLMS scheme consists in having reformulated the adaptation
problem of the control filter C as a direct identification problem, using the approximate block
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Figure 4. RFRP-DFLMS scheme for NANC using NARX filters: adaptation of S (dash—dot lines), C
(dashed lines) and model structure (dotted lines).

commutation scheme by means of the auxiliary system S. More precisely the identification of
C amounts to a linear regression problem (the NARX model is linear in the parameters), where
the input to the model is X(k), and the model error is directly represented by the measured signal
e(k). This allows the direct implementation of an online model structure selection algorithm, as for
example, the mentioned RFRP (Figure 4). The resulting algorithm is denoted RFRP-DFLMS.

The overall computational complexity of the RFRP-DFLMS is the sum of those of the two algo-
rithms. In particular, the computational load of the RFRP is discussed in detail in [32]. Briefly,
defining Ny, as the total number of regressors and Ny,; as the number of selected regressors (typ-
ically Ngo; << Nyot), the computational cost of the RFRP is of the order O(Nthfe 1), assuming
that on average the algorithm performs one full forward selection and pruning iteration at each step.
In practice, the RFRP should be triggered only occasionally, when the assigned minimal accuracy
level is not met. The cost of RFRP iterations is generally well repaid by the reduction of the model
size, which implies a reduction of the core weight update computations, as opposed to using the
full NARX model with all Ny, regressors. In addition, the online model selection algorithm can be
efficiently parallelized with the parameter adaptation mechanism and even suitably downsampled if
necessary.

6. SIMULATION EXPERIMENTS

6.1. Example 1

The first example aims at a performance evaluation of the DFLMS scheme (compared with the
NFGLMS and the FXLMS) in terms of disturbance rejection and speed of convergence. A simple
time-invariant scenario [10] has been used for this purpose, where the PP is modeled as a polynomial
model with maximum lag 2:

d(k) =0.5d(k — 1) — 0.3x (k —2) + 0.25x (k — 1)*x(k — 2), (25)
and the SP is modeled as a non-minimum phase 4" order FIR system:
y'(k)y=y(k —2)+15y(k —3)— y(k —4), (26)

As for the reference noise x (k), the same signal used in [10] has been considered, that is, a sinusoidal
wave of 500 Hz sampled at an 8 kHz rate:

x(k)= \/@sin (

2 -500-k

2000 ) +v(k), 27
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Figure 5. Comparison of different nonlinear active noise control strategies for setting 1: NFGLMS, FXLMS,
NFXLMS and DFLMS.

where an additive white noise process v (k) with Gaussian distribution has also been assumed. The
variance of v(k) is chosen such that the power signal-to-noise ratio is equal to 40 dB.

A fixed NARX structure has been assumed for the control filter, that is, a full 3* degree poly-
nomial expansion with a maximum lag of 3, for a total number of 119 parameters. Two different
variants of the DFLMS schemes have been analyzed. In the first, the adaptation of S is switched
off (y = 0), so that DFLMS degenerates to a nonlinear version of the FXLMS, here denoted as
NEXLMS (L =5- 1073). The second variant (L = 19_4 and y = 0.01) considers an eight-tap FIR
filter model for S. In both cases, the auxiliary model S is initialized to be equal to S, for simplicity.
The NFGLMS (L = 5-10™%) was tested as well, for comparison purposes. The NANC schemes are
also compared with the standard linear FXLMS (. = 1073), where the order of the FIR controller
has been chosen equal to the number of parameters of the NARX controller, for fairness of compar-
ison. The adaptation gains have been optimized for all the considered schemes, so as to guarantee
the best convergence speed without compromising stability. The control filter weights are initially
set to zero.

Figure 5 displays the attenuation performance of the mentioned algorithms in terms of the
normalized mean square error (NMSE) [10], expressed as

(28)

NMSE = 10logq (M) )

042

versus the iteration steps. It is clearly noticeable that the linear FXLLMS, albeit with the same num-
ber of parameters of the NANC schemes, provides the worst performance in term of disturbance
cancellation (only —3.8 dB), whereas, as expected, the NFGLMS turns out to be the best algo-
rithm (—27.2 dB). The DFLMS provides an intermediate performance level that approaches the
steady-state attenuation of the NFGLMS when the online adaptation of S is active.

As shown in Figure 6, the nonlinear filtered-x LMS suffers from a high commutation error, which
slows down convergence and reduces the rejection capability at steady state (—21.2 dB) compared
with the NFGLMS. The online adaptation of S allows the DFLMS algorithms to reduce the com-
mutation error, as demonstrated in Figure 6, significantly improving both the speed of convergence
and the canceling performance (—25 dB).

The slower convergence of the DFLMS, as opposed to the NFGLMS, is mainly because of,
to prevent instability of the adaptation loops, the step sizes of the DFLMS cannot be increased
too much.

A further simulation was carried out using a quadratic nonlinear FIR filter with maximum lag 8
to model S, but no significant improvement was achieved with respect to the FIR case. Therefore,
these results are omitted.
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Figure 6. Time history of the commutation error in setting 1: NFXLMS (black) and DFLMS (gray).

6.2. Example 2

The second setting aims at showing the performance achievable by means of the inclusion of an
online model selection approach. In this case, the primary noise at the canceling point is generated
by the following 3rd degree polynomial model [10]:

d(k) = w(k —2) + 0.02w(k —2)> — 0.04w(k —2)3, (29)
where
w(k) = x(k —3) —0.3x(k —4) + 0.2x (k — 5). (30)

The reference noise x (k) considered in this case is a band-limited white noise in the (normalized)
frequency interval [0.01, 0.1] and with unitary variance.

To emphasize the advantage that can be gained using the model selection approach, a time-
varying SP is assumed. Specifically, at the commutation instant & = 10000, the SP changes from
Eq. (26) to

y'(k) = 0.7756y (k) + 0.5171y (k — 1) — 0.362y (k —2), 31)

that is, the non-minimum phase FIR SP used in [23].

The RFRP-DFLMS has been compared with the NFGLMS (i = 5 - 10~%) and the plain DFLMS
(w = 1074, y = 0.01) with a quadratic polynomial NARX control filter. For the RFRP-DFLMS,
the model structure is modified according to the selection algorithm and starting from a plain FIR
filter; whereas in the other cases, the controller structure is fixed to a full quadratic expansion,
with a maximum lag of 10. The parameters of the RFRP-DFLMS are set to p = 1073, y = 0.1,
W = 600, Jyes = 107, ERR .o = 5-107>. The initial controller parameters are set to zero, and the
step sizes are selected to guarantee the best trade-off between performance and stability, for all the
schemes. The auxiliary block is an eight-tap FIR filter, for simplicity. The NMSE results are plotted
in Figure 7.

At the onset of the simulation, it takes the DFLMS methods a longer time to achieve the same
rejection performance as the NFGLMS, but the RFRP-DFLMS is not particularly penalized by the
model structure adaptation process. On the other hand, after the structural modification of the SP,
the RFRP-DFLMS reacts much more rapidly and efficiently than both other algorithms, achieving
in only 1000 samples the level of rejection performance reached by the NFGLMS after 20 000
iterations (the plain DFLMS is even slower).
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Figure 7. NMSE results for setting 2: NFGLMS (light gray), DFLMS (black) and RFRP-DFLMS
(dark gray).
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Figure 8. Regressors selected by the RFRP algorithm in experiment 2.

It is interesting to remark that the results provided by the RFRP-DFLMS are obtained with a
minimal control filter structure, as pointed out in Figure 8, which displays the selected regressors
versus the number of iterations (for brevity, only the regressors that have been selected at least once
by the RFRP are reported). The average number of selected regressors is 9, against a total of 252
terms considered by the NFGLMS and the plain DFLMS.

6.3. Example 3

We next consider an example where both acoustic paths are nonlinear, taken from [20]. Precisely,
both the PP and the SP are given by Volterra series, respectively:

d(k) = x(k) +0.8x(k — 1) + 0.3x (k — 2) + 0.4x (k — 3) — 0.8x (k)x(k — 1)

+0.9x (k)x (k —2) 4 0.7x (k)x (k — 3), (32)

y' (k) = y(k) +0.35y(k — 1) +0.09y(k —2) — 0.5y (k) y(k — 1) + 0.4y (k)y (k —2), (33)
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Figure 9. Example 3: average learning curves (NMSE) for various models and algorithms (FXLMS: FIR,
VEXLMS, NFGLMS (1 and DFLMS: Volterra model; NEFGLMS ® and RFRP-DFLMS: NARX model).

and the reference signal is a Gaussian white noise. Several model structures and methods have been
tried on this example. A linear 10-tap FIR controller was first obtained with the standard FXLMS
(i = 0.01). Then, the VFEXLMS (u; = 0.05, o = 0.005), the NFGLMS (v = 0.01) and the
proposed DFLMS (i = 0.01, y = 0.0025) have been tested on a full quadratic Volterra model
with L = 10 (77 terms). Finally, the NFGLMS (i = 0.02) and the RFRP-DFLMS (. = 0.001,
y = 0.005) have been tested on a full quadratic NARX model with L = 4 (54 terms). In the DFLMS
and RFRP-DFLMS simulations, the auxiliary system S has been initialized to S. Algorithm gains
have been optimized individually.

Figure 9 reports the average learning curves for 50 runs of each of the algorithms, similarly to [20]
(a further moving average smoothing is applied to improve readability). As expected, the FXLMS is
the least effective algorithm regarding noise attenuation performance. All other methods tend toward
a one order of magnitude noise reduction. In particular, regarding the Volterra model, the most suc-
cessful method appears to be the NFGLMS, which achieves a 20 dB reduction on average, whereas
the VFXLMS obtains 17 dB. The VEXLMS displays a quite different transient compared with the
other algorithms, essentially due to the different step size in the weight update related to linear and
quadratic terms. Interestingly enough, the DFLMS almost perfectly matches the performance of the
NFGLMS. Regarding the auxiliary loop in the DFLMS, the 1-norm of the commutation error settles
at 0.05.

Despite the shorter maximum lag and the smaller size, the considered quadratic NARX struc-
ture is flexible enough to guarantee a significative improvement in the performance if adapted with
the NFGLMS. The RFRP-DFLMS has been applied to the same model, yielding a slightly worse
performance on average. However, it is capable of rapidly reducing the effective model size to an
average of 27.6 terms (over a total of 54). This guarantees a further halving of the computational cost
once the RFRP is turned off. Overall, the RFRP-DFLMS provides a convenient trade-off between
attenuation performance and computational cost. In this respect, notice that this trade-off can be
modulated by the user by setting the threshold parameters of the selection algorithm.

6.4. Example 4

Another stimulating NANC problem is discussed in [19] and [23], concerning a system affected by
microphone saturation both at the reference and the error microphone, as represented in Figure 10.

In the ANC scheme, the acoustic paths are assumed linear, the nonlinearity being introduced by
the saturations on the microphone signals. Following [23], the PP and SP are modeled by two FIR
filters, taken from [41]:



d(k) = 0.0179x (k) + 0.1005x (k — 1) + 0.279x (k — 2) + 0.489x (k — 3) + 0.586x (k — 4)

(34)
+0.489x (k — 5) 4 0.279x (k — 6) + 0.1005x (k — 7) + 0.0179x (k — 8),

y' (k) = 0.7756y (k) + 0.5171y(k — 1) 4+ 0.362y (k — 2), (35)

The reference signal is the sum of three sine waves at the normalized frequencies of 0.02, 0.04
and 0.08. Three different settings of increasing complexity are considered:

e setting WU) reference signal weakly saturated,

x(k) d(k)
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Figure 10. Block diagram of a nonlinear active noise control system in the presence of saturated reference
and error signals.
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Figure 11. Residual noise for settings WU (top), SU (middle), and SW (bottom).



e setting SU) reference signal strongly saturated, and
e setting SW) reference signal strongly saturated, error signal weakly saturated,

where weak and strong saturation refer respectively to a 90% and a 50% clipping of the signal with
respect to its maximum value [6, 19].

Figure 11 reports the attenuation performance of the VFXLMS, BFXLMS, NFGLMS and
DFLMS algorithms in the three settings. A full quadratic NARX model has been used in the last two
cases. All models have the same L for a given setting (L = 4 for setting WU, L = 8 for settings SU
and SW). A simple 10-tap FIR model (with random initial parameters) has been used as auxiliary
model for the DFLMS. All algorithm gains have been optimized individually.

In all three settings, both the VFXLMS and BFXLMS achieve a noise reduction of only a factor
3, whereas the NMSE (after convergence) equals —38 dB for setting WU and —33 dB for settings
SU and SVY for both NFGLMS and DFLMS. Indeed, after a brief transient required for the esti-
mation of S, the DFLMS provides almost equal performance to the NFGLMS. This is all the more
remarkable, considering that the auxiliary system is initialized with random parameters.

7. CONCLUSIONS

A novel NANC scheme exploiting the flexibility of NARX models has been proposed. Its main
feature is the commutation of the control filter block and the SP dynamics, as commonly assumed
in the linear case, compensating the commutation error by means of an auxiliary filter also adapted
online. Both the main and the auxiliary adaptation loops operate with weight update rules based
on the use of suitable prefiltered signals. The control filter adaptation essentially requires the same
computational effort as the standard FXLMS/FULMS algorithms, whereas the adaptation of the
auxiliary filter, which is not time critical, can be slowed down and downsampled. In view of the
dual adaptation loops, the algorithm is called DFLMS.

The proposed scheme configures the control filter adaptation task as a direct identification prob-
lem, which allows the use of an online model selection algorithm. The latter can be used to trim the
model size and to adapt the model structure to account for the variability of the ANC setting. An
extended version of the DFLMS has thus been implemented using the RFRP algorithm as model
selection strategy.

The proposed methods have been tested on several scenarios of different complexity. The DFLMS
achieves almost the same level of steady state disturbance noise cancellation as the NFGLMS,
although with a slightly slower convergence rate. The RFRP-DFLMS, on the other hand, is very
efficient in reducing the model size, thereby cutting to a minimum the computational load, and
reacts much more rapidly than the NFGLMS to sudden variations of the system.
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