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ABSTRACT

In this paper a novel approach for broadband feedback active noise
control (ANC) is presented which is based on the combination of
classical non-adaptive feedback and adaptive feedback ANC tech-
niques. The non-adaptive part is suitable to attenuate low frequency
ambient noise whereas the adaptive part attenuates periodic compo-
nents of the ambient noise. The proposed technique yields a higher
overall noise attenuation performance compared to a purely classical
non-adaptive feedback or purely adaptive feedback ANC system. In
addition to that, the combination of both techniques is also beneficial
for practical realizations since the adaptive feedback ANC stabilizes
the overall system.

With regard to low cost headset devices, the impact of practical hard-
ware constraints such as low-cost analog-to-digital and digital-to-
analog converters (ADC, DAC) is discussed. As a conclusion, a
mixed analog-digital realization of the new approach is proposed.

Index Terms— Active Noise Control, feedback ANC, mixed
analog-digital

1. INTRODUCTION

The overall goal of active noise control (ANC) is to attenuate or
cancel undesired ambient noise by emitting a compensation signal
or anti-noise signal such that at a specific point, the undesired am-
bient noise and the anti-noise superpose in a destructive way. In
the literature, the zone around the specific point where the signals
cancel out is called the guiet zone. In case of ANC headsets, the
anti-noise is emitted by the loudspeaker of the headset and the quiet
zone is supposed to be located around the ear drum.

In [1], we have shown that broadband feedforward ANC ap-
proaches are strongly influenced by practical constraints. In partic-
ular, the lack of causality caused by analog-to-digital and digital-to-
analog converters (ADC, DAC) with non-zero delay is a problem
in digital realizations: The anti-noise arrives with a certain delay
compared to the arrival of the ambient noise at the ear drum which
severely limits the performance of the ANC system.

For this reason, a novel concept for broadband feedback ANC is pro-
posed in this paper. It is based on the combination of non-adaptive
feedback ANC (often denoted as classical feedback ANC) and adap-
tive feedback ANC techniques and enables to attenuate noise at low
frequencies as well as periodic noise components at all frequencies.
In addition to that, the new approach has the advantage that the
adaptive part stabilizes the non-adaptive part. Compared to other
approaches involving hybrid feedback ANC techniques, e.g., [2, 3],
the two feedback ANC parts are decoupled which allows for inde-
pendent design and optimization of both parts. The overall concept
leads to a more comfortable perception of the residual ambient noise
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compared to currently available ANC headsets. Aspects related to
a realization of the new approach in low-cost ANC headsets are
discussed, and a mixed analog-digital circuitry is proposed.

2. BROADBAND FEEDBACK ANC HEADSETS

A typical hardware setup for a broadband feedback ANC headset is
shown in Figure 1. For the sake of simplicity, all signals are assumed
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Fig. 1. Hardware setup of a broadband feedback ANC headset.

to be available in a time discrete representation with time index k.
Note that only the problem to create a zone of quiet shall be ad-
dressed in this paper. In practical applications, often the playback
of music or speech signals is also desired. The proposed concept
can be easily extended towards the playback of audio signals which,
however, shall not be considered in the following.

The ambient noise is attenuated to a certain extend due to a passive
shielding of the headset or headphone. The remaining ambient noise
d(k) reaches the entrance of the ear canal and - with some delay - the
ear drum. In order to combat the ambient noise perceived despite the
passive shielding, signal y(k) is produced by the active noise control
circuitry and afterwards emitted by the loudspeaker to finally reach
the position of the error microphone as signal y' (k). At the error mi-
crophone, the anti-noise signal y' (k) and the residual ambient noise
d(k) superpose to the error signal

e(k) = d(k) + v (k). (1)
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In order to create the quiet zone around the error microphone, the sig-
nal y(k) is computed such that the superposition of y’(k) and d(k)
is destructive so that both signals cancel out as much as possible. If
realized by digital technology, the analog-to-digital and digital-to-
analog converters (ADC, DAC) introduce certain signal delays.

It can be shown that feedback ANC approaches in general do not act
as a noise canceler but, nevertheless, reduce ambient noise due to
decorrelation (e.g. in [2]). As a conclusion, the attenuation of noise
in one frequency region always comes to the price of a specific noise
amplification in other frequency regions.

2.1. Non-adaptive (Classical) Feedback ANC

Approaches for feedback ANC in commercial headsets are nowa-
days mostly based on analog realizations of the ANC circuitry, e.g.,
[4, 5]. A model for a typical non-adaptive classical feedback ANC
system is shown in Figure 2. The electrical and acoustical path be-
tween the output and the input of the ANC circuitry is described by
the secondary path S(z). S(z) contributes for the properties of the
power amplifier, the loudspeaker, the acoustic path and - in a digital
ANC realization - also the digital-to-analog and the analog-to-digital
converter (DAC, ADC). The control filter W.(z) transforms the er-
ror signal e(k) into the anti-noise signal y(k). In order to allow for a
destructive superposition, the computed anti-noise is inverted before
being emitted by the loudspeaker which is indicated by the minus
sign in the figure. Assuming that the z-transforms of the signal d(k)
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Fig. 2. Model for a classical feedback ANC system.

and e(k) exist, the classical closed-loop ANC transfer function is
given by

_ E(z) 1 @
T D(2)  1+8(2) We(2)

A high attenuation of the ambient noise can be achieved by a high
amplification caused by the control filter W.(z). However, a phase
modification is introduced by the secondary path S(z) which causes
the system to become instable if the amplification is too high. As a
conclusion, the design of a control filter to guarantee stability based
on Bode plots [6] and the consideration of stability criteria as given,
e.g., in [7], both well-known in the context of control theory, is re-
quired. Based on this method, an attenuation of the ambient noise of
up to 20 dB for frequencies below fosg ~ 700 Hz can be achieved
in state-of-the-art ANC headphones.

Non-adaptive classical feedback ANC is very sensitive against de-
lays caused by the ADC and DAC of the ANC circuitry. Simulations
of different ADC converter delays showed that already a delay of
Taelay=15 samples given a sampling rate of f; = 48 kHz (which
is often observed for Sigma-delta ADCs [8]) has the impact to cut
the noise attenuation frequency bandwidth in half (f)4s ~ 300 Hz).
For this reason most commercial ANC headphone devices are based
on analog technology. Non-adaptive classical feedback ANC sys-
tems work particularly well in combination with closed headphones:
While these devices have a passive attenuation against surrounding
ambient noise in the order of magnitude of 20 dB for frequencies
above 500 Hz, the additional noise attenuation due to the ANC cir-
cuitry covers the frequencies below 500 Hz.

Hcl(z)
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2.2. Adaptive Feedback ANC

Adaptive feedback ANC is more similar to feedforward ANC than
to the non-adaptive classical feedback ANC system described in the
previous section. The basic principle of an adaptive feedback ANC
system is illustrated by the model depicted in Figure 3. The key
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Fig. 3. Model for an adaptive feedback ANC system involving the
FxLMS approach.

element of this approach is to compute an estimate &(k) = d(k) of
the ambient noise signal d(k), derived from the error signal e(k). In
principle, Z(k) plays the same role as the reference signal x(k) in
feedforward ANC [9] where it is sensed by an additional reference
microphone. In the case of feedback ANC, however, the reference
signal is regenerated based on an estimate S (z) of the secondary
path (which is modeled by S(z) in the figure) as

X(2) = D(z) = B(z) + Y (2) - (). 3)

The anti-noise signal y(k) is computed by means of filtering the es-
timate of the reference signal (k) in the digital filter W, (z) which
is continuously adapted to the given signals z:(k) and e(k) follow-
ing the Filtered-X LMS approach which is in detail described in, e.g.,
[9]. In analogy to (2), the corresponding closed-loop ANC transfer
function is

E(z) 1—5(2) - Wa(2)

Hu = = . . : (C))
ZIC R [S(z) - S(Z)] Wa(2)
For the assumption S(z) = S(z), (4) simplifies to
Ha=1-5(2) Wa(z) )

3. THE NOVEL HYBRID FEEDBACK ANC

In order to exploit the benefit of both - the non-adaptive classical
feedback and the adaptive feedback ANC approaches - in a hybrid
concept, both concepts need to be concatenated so that the transfer
functions (2) and (5) multiply. In practice, this kind of concatenation
is not possible since only one error microphone and one loudspeaker
are available. Therefore, the novel hybrid approach for feedback
ANC as depicted in Figure 4 shall be considered. In that figure,
the two ANC circuitry system functions from Sections 2.1 and 2.2
are denoted by We(z) and W,(2), respectively. The resulting par-
tial anti-noise signals are summed at postition A to form the overall
anti-noise signal y(k) = yc(k) + yq(2z) which is emitted by the
loudspeaker and enters the secondary path S(z) in the model .

!Note that, again, the signal y(k) is inverted prior to the acoustic emission
which is shown as the minus sign in the figure.
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Fig. 4. The novel hybrid feedback ANC system based on the FXLMS
approach.

The signal ¢, (k) is an estimate of the anti-noise signal resulting from
the adaptive feedback part when reaching the error microphone. This
signal is added at position B. As a consequence, the non-adaptive
classical feedback ANC part does not have a direct impact on the
adaptive feedback ANC part since the loop composed of W, (z) and
S(z) is disconnected for the anti-noise signal from the adaptive feed-
back part (signal y,(k)). In fact, this is the most significant differ-
ence compared to the approach(es) proposed in [2, 3]. As a con-
sequence, the non-adaptive classical and the adaptive part are de-
coupled, and the transfer function s (2) in the figure is the estimate
of the secondary path according to the definition from Section 2.1.
In contrast to this, an estimate of the system function related to the
combination of the secondary path and the non-adaptive control
filter in the closed-loop structure from Figure 2 is required in the
structure proposed in [2, 3]. This coupling of the classical and the
adaptive feedback part causes that both parts must be designed and
optimized jointly whereas in the solution proposed here, both parts
can be designed and optimized independently. Also, the estimate of
the secondary path in [2, 3] may lead to a slower convergence of the
FxLMS filter adaptation due to a high signal attenuation in the lower
frequencies and hence frequency areas which are almost unobserv-
able for the adaptive feedback ANC part.

The overall closed-loop transfer function of the proposed approach
is given as

Hiovel (Z) =

_ 1—Wa(z)-5(2) IS
145(2) - We(2)+Wa(z) - (S(2)-5(2))

Given that the secondary path is perfectly known, S(z) = S(z), the
transfer function simplifies to

1—5(z)  Wa(z)

Hoi(2) = 50 W o)

@)
From (7), it is obvious that both parts of the hybrid feedback ANC
approach contribute to the overall attenuation of the ambient noise
if the secondary path is perfectly known. As a conclusion, the block
diagram from Figure 4 is equivalent to the concatenation of both, the
classical and the adaptive feedback ANC part.

3.1. Mixed analog-digital realization

Low-cost digital audio hardware - in particular Sigma-delta analog-
to-digital converters (ADCs) - nowadays used for audio applications
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almost everywhere cause a certain system delay. As mentioned ear-
lier, the classical feedback ANC part is very sensitive against signal
delays. Also, the control filter W, (z) is in general fixed and not
very complex. Therefore, it is more beneficial to realize this part
in analog technology (analog control filter W.(s)). The adaptive
feedback ANC part, however, is based on the adaptation of a digital
filter W, (z). This part targets the attenuation of periodic noise com-
ponents and hence is not very sensitive against moderate shifts of
Z(k). Therefore, the adaptive feedback ANC part is robust against
moderate signal delays caused by ADCs and DACs. As a conclu-
sion, a variant of the proposed hybrid system is given in Figure 5
in which an analog non-adaptive classical feedback ANC system is
extended by means of a digital adaptive ANC realization. Compared

b4

_| Dig. Filter
Tl Wa(z)

digital

Fig. 5. Mixed analog-digital realization of proposed hybrid feedback
ANC approach.

to Figure 4, the ADC and DAC were added together with the trans-
fer function U (z) to approximate the “real” transfer function of the
concatenation of ADC and DAC in the adaptive part, respectively.
Also, the secondary path S(s) (according to the definition from Sec-
tion 2.1) and the analog controller W (s) as well as the signals y(t),
e(t), d(t) and y(t) are given in the analog (Laplace) domain.

4. SIMULATION RESULTS

In order to test the proposed hybrid feedback ANC concept, simu-
lations were carried out in Matlab. Basis for all simulations were
measurements of the secondary path S(z)/S(s) involving an in-ear
headset and an error microphone located in close proximity to the
loudspeaker of the headset. In order to contribute for the impact of
the ear, the in-ear headset and the error microphone were placed in-
side an artificial ear canal for the measurements. All measurements
and simulations were done for a samplerate of f; = 48 kHz.

In the first step, the secondary path according to the definition from
Section 2.1 was approximated by a 512-tap finite impulse response
(FIR) filter to represent the in-ear headset loudspeaker, the acoustic
path from within the ear canal, the error microphone and the micro-
phone pre-amplifier from the in-ear headset loudspeaker. In the next
step, given the approximation of the secondary path, a digital con-
troller was designed to realize the classical feedback ANC part in
the Matlab Control System Toolbox (SISO Design tool, [10]). For
simulations of the proposed hybrid feedback ANC approach, an ar-
tificial signal d(k) was produced based on a mixture of white Gaus-
sian noise and sinusoids at frequencies of fo = 103, fi = 401, and
f2 = 2005 Hz. For the adaptive feedback ANC part, a conventional
FxLMS approach involving an adaptive step size controller was de-
veloped which, however, shall not be described in detail here due to



the lack of space.

The noise attenuation curves produced for the assumption that the
secondary path can be perfectly approximated by S (z) are illustrated
by Figure 6. In that figure, estimates of the power spectra related to
the signals d(k) and e(k) are plotted as ¢q.q(f) and e o(f), re-
spectively, over the frequency f. In that context, d(k) represents the
residual ambient noise without ANC whereas signal e(k) represents
the ambient noise which remains despite ANC (refer to Figure 1).
In the figure, di,(i( f) is plotted in black color in the background
whereas ¢...(f) is plotted on top of ¢4.4(f) in light gray color. In
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Fig. 6. Noise attenuation curves for a) the non-adaptive (classical),
b) the adaptive and c) the novel hybrid feedback ANC approaches.
The ambient noise signal is Gaussian white noise mixed with three
sinusoidal signals at fo = 103, fi = 401 and f2 = 2005 Hz.

the first part of the figure, the impact of the non-adaptive classical
feedback ANC system (Section 2.1) is illustrated. Given that the
ADCs and DACs cause no signal delay (the analog realization), this
approach allows for a noise attenuation of up to 20 dB for low fre-
quencies. The noise attenuation capability decreases towards higher
frequencies, finally reaching 0 dB for foqs &~ 700 Hz. Above that
frequency, the ambient noise is slightly amplified with a maximum
ratio of = 5 dB.

In the second part of the Figure, the approach solely based on the
conventional adaptive feedback ANC (Section 2.2) is evaluated. A
noise attenuation can be observed only in the area of the three peri-
odic signal components which are visible as the three peaks in the
power spectra. These components are almost completely removed
from the ambient noise signal.

In the third part of the figure, the results achieved by the novel hybrid
approach (Section 3) are shown. Obviously, ambient noise is attenu-
ated in the lower frequencies due to the classical feedback ANC part.
In addition, the periodic signal components are attenuated in a way
very similar to the case of the ANC solely based on the adaptive ap-
proach. The hybrid scheme hence acts as the concatenation of both
ANC parts.

Compared to the purely classical feedback ANC approach the atten-
uation of the ambient noise in the lower frequencies and the ampli-
fication of the ambient noise in frequency areas above 700 Hz are
reduced and the noise amplification for frequencies higher than 700
Hz is reduced. This is a symptom of the stabilization property of
the proposed approach: If frequency peaks occur in the spectrum
of the residual noise, e.g., howling caused by the non-adaptive clas-
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sical feedback ANC part, the adaptive feedback ANC part detects
and attenuates these frequency components by adaptation. There-
fore, the proposed concept is more stable and the remaining ambi-
ent noise appears to be perceptually more pleasant than in case of a
purely classical feedback ANC headset. Also, the negative impact
of suboptimally designed control filters We.(z)/W.(s) can be partly
compensated by the hybrid approach yielding a simplified design
methodology for the non-adaptive part of feedback ANC headsets.

5. CONCLUSIONS

In this paper, a novel hybrid feedback ANC scheme was proposed
which is based on the combination of classical and adaptive feed-
back ANC techniques. The proposed approach has the benefit to
allow for the attenuation of noise in lower frequency areas as well
as periodic noise components in all frequency areas. In addition, the
adaptive part aids to stabilize the classical ANC part due to the adap-
tation of the involved adaptive filter to combat peaks in the spectrum
of the residual ambient noise.

With respect to practical constraints, a mixed analog-digital realiza-
tion is proposed to retain a very low system delay in the classical part
and to enable the adaptation of the adaptive ANC part in the digital
domain. The overall concept is suitable for low-cost ANC headsets
yielding a higher quality noise attenuation performance than state-
of-the-art ANC headsets currently available.
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