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This work is concerned with the performance of adaptive filters with both poles and zeros in active noise control
(ANC) applications. This filtered-error type of application makes it necessary to modify classical adaptive algo-
rithms to cancel the noise. A well established theory exists for filtered-error adaptive FIR filters, especially for
the FXLMS algorithm. However, when it comes to filtered-error adaptive IIR (Infinite Impulse Response) filters,
convergence conditions are not so well understood. IIR filters are specially suited to those scenarios where feed-
back from the cancelling loudspeaker to the primary source presents high values, and the performance of the
cancellation with a fixed filter is not as good as desired. In this work we present the study of the convergence of
a family of adaptive IIR algorithms appropriately modified for handling filtered-error situations. Some results

based on real measurements are also presented.
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1. INTRODUCTION

Conventional methods of suppressing acoustic noise us-
ing passive systems such as enclosures, barriers and silencers
do not work well at low frequencies. This is because the
wavelength is large compared to the system dimensions. In
addition, passive methods create problems in airflow systems
such as those used for heating, ventilating and air condition-
ing (HVAC). In an effort to overcome these problems, active
noise control (ANC) uses additional secondary sources to
cancel the noise created by the primary source, based on the
principle of superposition. An antinoise of equal amplitude
and opposite phase is created and combined with the primary
source, giving as a result the cancellation of both noises. Al-
though first proposed in 1930, ANC did not receive consider-
able attention until recently, due to the advances in digital
signal processing, which permit the execution of sophisti-
cated mathematical functions with enough speed and accu-
racy in real time. The schematics of an ANC system are
shown in Fig. 1. The controller must create the signal y(n) to
cancel the primary noise at the cancelling loudspeaker by
means of destructive interference. The controller is directed
by the signal measured at the error microphone; the distance
between the error microphone and the cancelling loudspeaker
cannot be reduced very much. For short distances the wave
cannot be considered as a plane wave, given the presence of
higher order modes near the source even below the cut-off
frequencies. Those higher order modes can be neglected for
distances greater than four times the duct width. We will fo-
cus on single channel systems with only a reference micro-
phone and a secondary loudspeaker and adaptive schemes to
cancel broadband noise, as typically used in HVAC applica-
tions."

The basic principle of the broadband feedforward ap-
proach is that the propagation time delay between the up-
stream microphone and the downstream secondary source of-
fers the possibility of electrically reintroducing the noise
downstream to produce cancellation. Figure 2 shows a model
of an ANC system where all the analog components have
been replaced by their corresponding digital models as a re-
sult of sampling. Sampling rates of 1.5-2 kHz are typical in

ANC applications, where the frequency range of interest is
below 500 Hz, due to the use of passive devices at higher fre-
quencies. In addition, the sampling rate must be low enough
so that the digital circuit processing time per sample 7, is
less than the sampling period 7. Causality must be guaran-
teed for the sampling rate selected, i.e., the acoustic delay
from the reference microphone to the secondary speaker must
be longer than the electrical delay, formed by the delays in
the filters of the A/D, D/A converters, the delay in the loud-
speaker, plus one sampling period 7. In Fig. 2 H(z) denotes
the digital version of the path followed by the primary noise
from the source to the cancelling or secondary loudspeaker.
S1(z) represents the reconstruction filter, the speaker re-
sponse and the residual transfer function from the loud-
speaker to the summing junction. S2(z) models the path com-
mon to desired and estimated signals, including the error mi-
crophone and the anti-aliasing filter. The response of the ref-
erence microphone, together with that of the anti-aliasing fil-
ter, are combined in S3(z). The feedback path, microphone
and speaker responses, and the filters of the A/D, D/A con-
verters are combined in F(z). The response of power amplifi-
ers, when present, must also be included at convenient loca-
tions. With respect to the classical identification setting,
some additional aspects which make this problem more chal-
lenging are to be considered:

* Feedback effects. The loudspeaker output radiates up-
stream to the reference microphone, resulting in a cor-
rupted input signal to the adaptive filter H(z). Different
solutions can be envisioned for this problem:' directional
speakers and microphones, a fixed neutralisation filter,
IIR adaptive filters, etc. Due to the broadband character
of the problem it is difficult to obtain good directivity
over a broad frequency range. We will focus on the use of
adaptive IIR filters, since the neutralisation of the effects
of F(z) by means of a transfer function F(z) identified off-
line requires continual adjustments of £(z) or a robust de-
sign, to account for changes in temperature and flow.

* Secondary path effects. In contrast to classical identifica-
tion schemes, the output of the adjustable filter Z(z) is not
directly subtracted from the desired signal (undesired
from the point of view of the application), but it has to go
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