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Abstracts: This thesis is study of active noise control (ANC) systems with the viewpoint of adaptive signal
processing. We have proposed new signal processing methods to improve the performance of active noise control
systems. We combine the concepts of the FXLMS algorithm and adaptive filtering with averaging, and propose a
new algorithm (FxAFA filtered-x adaptive filtering with averaging algorithm) for ANC systems. The proposed
algorithm outperforms the conventional FXLMS based ANC systems under the situation of large measurement
noise. The effectiveness of the proposed algorithm in ANC systems with online secondary path modeling is also
demonstrated. This thesis also proposes a new variable step size (VSS) LMS algorithm for online secondary path
modeling in ANC systems. Here step size is varied on the basis of power of desired response of the modeling
filter. The proposed VSS LMS algorithm, in contrast to the existing VSS algorithms, uses a small step size
initially and later its value is increased in accordance with the decrease in the residual noise.

I. INTRODUCTION

Active noise control (ANC) [1] is based on the simple principle of destructive interference of propagating
acoustic waves. The most popular adaptation algorithm used for ANC applications is the FXLMS algorithm,
which is a modified version of the LMS algorithm [2]. The schematic diagram for a single-channel
feedforward ANC system using the FXLMS algorithm is shown in Fig. 1(a). Here, P(z) is primary acoustic
path between the reference noise source and the error microphone. The reference noise signal x(») is filtered
through S(z) and appears as a primary noise signal at the error microphone. The objective of the adaptive
filter W(z) is to generate an appropriate antinoise signal y(n) propagated by the secondary loudspeaker. This
antinoise signal combines with the primary noise signal to create a zone of silence in the vicinity of the error
microphone. The error microphone measures the residual noise e(z), which is used by #{(z) for its adaptation
to minimize the sound pressure at error microphone. Here $”(z) accounts for the model of the secondary path
S(z) between the output of the controller and the output of the error microphone. The filtering of the
reference signal x(n) through is demanded S*(z) by the fact that the output of the adaptlve filter y(n) is
filtered through S(z) [2].

- We have considered following problems in our study.

1) The convergence speed of the FXLMS algorithm is slow.

2) The performance of FXLMS based ANC system is degraded when there is a large measurement noise
in the reference and error signals. '

3) In practical ANC systems the secondary path, following the adaptive filter, may be time varying. So
it is necessary to model its characteristics during the online operation of ANC system.
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Fig. 1. FXLMS algorithm based single-channel feedforward ANC system. (a) Schematic and (b) block diagram.

To solve first two problems we have proposed a new filtered-x algorithm based on the concept of adaptive
filtering with averaging (AFA). As compared with FxXLMS algorithm, the proposed FxAFA algorithm gives
somewhat faster convergence and achieves better performance in the presence of measurement noise. We
have also proposed two new methods for ANC systems with online secondary path modeling. The main
feature of these methods is that these can achieve improved performance by using two adaptive filters only.
This is in contrast to existing methods, which use three adaptive filters.

I1. FILTERED-X ADAPTIVE FILTERING WITH AVERAGING (FXAFA) ALGORITHM

Fig. 1(b) shows the block diagram of the feedforward ANC system of Fig. 1(a). Here, v;(n) and v,(n) are
measurement noise signals associated with the reference and error microphones, respectively. We assume
that 1) vi(n) and v,(n) are zero mean white Gaussian noise signals and 2) are uncorrelated with each other
and with the reference and error signals as well. Here, 1) comes from the fact that v;(n) and v,(n) are
produced by the turbulent air flow (random in nature) ovér the microphones [3], and 2) is evident from the
nature of the system [Fig. 1(a)]. The FxXLMS update equation for the coefficients of W/(z) is given as:
win+1) = w(n)+ p{e(n) + v2(n)}&(n) ,
We see that presence of the measurement noise v,(n) is frustrating the convergence of the FXLMS algorithm.
It can be shown that for residual noise signal e(zz) to converge to zero, the control filter W(z) should converge
to the optimal transfer function:
W) = ST KRG
This equation shows that the optimal solution is independent of the measurement noise v,(n) associated with
the error microphone. However the optimal solution for ideal case [P(z)/ S(z) for vi(n)=v.(n)=0] is distorted
by the reference input measurement noise, v;(n).

Since we have assumed that the both v;(») and v,(n) are white Gaussian noise signals, we can use averaging
to remove their effects. We incorporate averaging with both the iterates, w(n), and the correction term (the

observation vector), p{e(n)+ va(n)} x'(n), and propose the filtered-x adaptive filtering with averaging
(FxAFA) algorithm [4], as summarized below:

w(n+1) = @W(n) + g(n)

where
n

Br) = = - w(k)

k=1

) = o 2o lek) + m(} R 1/2 < <1

Further details about the convergence properties of the algorithm, the comments on the choice of parameter
v, and simulation results can be found in [5, Chapter 2] .
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Fig. 2. Proposed-1 method for ANC systems with online secondary path modeling.

I. FXAFA ALGORITHM BASED ANC SYSTEM WITH ONLINE SECONDARY PATH
MODELING (PROPOSED—1 METHOD)

Consider block diagram of Fig. 2, which is Proposed-1 method for ANC systems with online secondary path
modeling. The main features of this method are summarized below.

1. Tt comprises two adaptive filters, W(z) for noise control, and §*(z) for secondary path modeling.
2. Both W(z) and S"(z) are updated using same error signal:

g(n) = f(n) = e(n) — ¥'(n).
3. The W(z) is adapted using FXAFA algorithm.

The main idea in this method is that if the control filter #(z) is efficient in reducing the residual noise, it in
turn improves the performance the modeling filter $(z) [6].

The detailed description and analysis of the method is presented in [5, Chapter 3]. The simulation results
presented in [5, Chapter 5] show that this method achieves best noise reduction performance among the
existing methods. The main limitation is its poor tracking properties, which is due to averaging based control
filter.

IV. MODIFIED FXLMS ALGORITHM BASED ANC SYSTEM WITH ONLINE
SECONDARY PATH MODELING (PROPOSED-2 METHOD)

Consider block diagram of Fig. 3, which is Proposed-2 method for ANC systems with online secondary path
modeling. The main features of this method are summarized below.

1. It comprises two adaptive filters, W(z) for noise control, and $A(z) for secondary path modeling.
2. The control filter (z) is updated using modified-FXLLMS algorithm.
3. A new variable step size (VSS) LMS algorithm is proposed to adapt the modeling filter SA(z).

The main idea in this method is to investigate the application of modified FXLMS (MFxLMS) algorithm in
ANC systems with online secondary path modeling. Since convergence properties of the MFxLMS
algorithm are known to be better than the FxXLMS algorithm, the noise control filter W(z) in the Proposed-2
method is adapted using MFXLMS algorithm. Furthermore, we propose a new variable step size (VSS) based
LMS algorithm for secondary path modeling filter $(z). The step size is varied in accordance with the power
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Fig. 3. Proposed-2 method for ANC systems with online secondary path modeling.

of the residual error signal {the desired response for the modeling filter]. It is found that the desired response
for the modeling filter is corrupted by a noise, which is decreasing in nature, (ideally) converging to zero.
Hence a small step size is used initially and later its value is increased according to decrease in the residual
error signal e(n) [7].

The details of this method can be found in {5, Chapter 4]. The simulation results presented in [5, Chapter 5]
shows that this method achieves best secondary path modeling performance among the existing methods.
Furthermore, it shows excellent tracking performance in non-stationary environment, and hence appears a
best method for ANC systems with online secondary path modeling. '

V. CONCLUDING REMARKS

Here we propose a new algorithm for ANC systems. This algorithm combines the concept of adaptive
filtering with averaging (AFA) with the filtered-x LMS algorithm and is called FxAFA algorithm. It shows
better convergence performance than the FxLMS algorithm, especially in the presence of a large
measurement noise in error and reference microphones. We also propose two new methods for ANC systems
with online secondary path modeling. The main feature of these methods is that these can achieve improved
performance than the existing methods, without requiring third adaptive filter.
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