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Introduction

Local active noise control (ANC) tries to attenuate un-
wanted noise by generating local zones of quiet using
actuators (loudspeakers) and sensors (microphones) [1,
2]. Figure 1 shows different configurations of local active
noise control systems for generating zones of quiet at the
ear. This paper concentrates on active headrest systems,
where the microphones and sensors are not placed di-
rectly at the ear for example due to physical restrictions
or comfort requirements.

Figure 1: Three different active noise control configurations
for creating a local zone of quiet at the ear: Active head-
phones (left), head mounted microphones (middle) and an
active headrests (right).

In case of a diffuse sound field the local zone of quiet
with at least 10 dB of attenuation has a diameter of 1/10
of the acoustic wavelength [3]. As such the microphone
must be placed directly at the ear to achieve 10 dB of
attenuation. Therefore, in case of the active headrest,
virtual sensing techniques are used to relocate the 10 dB
zone of quiet to the ear [4]. As the disturbance often
originates from several sources, for example wind noise
in a car or plane, it is not always feasible to obtain a time
advanced reference signal and thus a feedback controller
must be used. The first active headrest system with a
feedback controller was proposed by Olson and May [5]
and the first active headrest system achieving a 10 dB
zone of quiet using a feedback controller was proposed
by Sachau and Pabst [6]. More complex conditions such
as head movement and non-stationary broadband distur-
bances were not considered so far.

This manuscript compares three virtual sensing tech-
niques, well known from literature, considering non-
stationary broadband disturbance signals and head
movement. A single-input single-output system (SISO)
in combination with an internal model, to compensate
the acoustical feedback, is used to evaluate the algo-
rithms [7]. Several real-time experiments are conducted
to investigate the influence on the 10 dB zone of quiet
and the attenuation performance at the ear.

Virtual sensing techniques

Virtual sensing techniques aim to determine the error
signal ev(n) at a virtual microphone measuring the error
signal e(n) at a physical microphone. The use of a virtual
microphone to determine the error signal at the ear in
case of an active headrest system is visualised in Fig. 2.

Figure 2: Local active noise control using a virtual sensing
technique to determine the error signal ev(n) at the virtual
microphone using a measured error signal e(n) at the physical
microphone.

Three virtual sensing techniques are investigated in this
manuscript: The virtual microphone technique (VMT),
the remote microphone technique (RMT) and a two stage
algorithm known as virtual microphone control (VMC).
The VMT-algorithm was proposed by Garcia-Bonito et.
al. assuming that the disturbance signal at the physi-
cal and virtual location is the same if the distance be-
tween the physical and virtual position is much less than
the acoustical wavelength [8]. With the RMT-algorithm
Roure and Albarrazin pursued a more general approach
taking into account the transfer function between the
physical and the virtual location [9]. Based on the VMT-
algorithm Pawelczyk proposed a two stage algorithm
placing a temporary microphone at the ear [10]. All
algorithms use adaptive filters in combination with the
filtered-reference least mean square algorithm (FxLMS)
proposed by Morgan [11].

Experimental Setup

Figure 3: The active headrest system with two secondary
loudspeakers positioned behind the head, two physical mi-
crophones placed on top of the secondary loudspeakers and
two virtual microphones positioned at the ears of the dummy
head.

For the experimental investigations an active headrest
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system with two secondary loudspeakers (Monacor, SPH-
100C), generating the cancelling noise, two physical mi-
crophones (EKULIT, EMY-602N) and a dummy head
(HEAD-acoustics, HMS III.0) is used as shown in Fig. 3.
The microphones have a corner frequency fc = 6 kHz
and a slope of −12 dB/octave. The corner frequency of
the secondary loudspeakers is fc = 9 kHz with a slope of
−12 dB/octave. Using a sampling frequency of 20 kHz no
additional anti-aliasing or reconstruction filters are nec-
essary, reducing the delay of the controller. The physical
microphones are placed 6 cm above the secondary loud-
speakers. The direct distance between the ears of the
dummy head in the nominal position and the secondary
loudspeakers is 22 cm. The acoustic sound field around
the head is measured by 40 monitoring microphones as
shown in Fig. 4. The monitoring microphones are placed
8 cm apart horizontally and 6 cm vertically.

Figure 4: The active headrest system with 40 monitoring
microphones to evaluate the soundfield around the dummy
head.

The active headrest system is set up in a wooden air-
craft cabin mockup as shown in Fig. 5. The mockup has
a carpeted floor and is equipped with two rows of orig-
inal aircraft seats. Two disturbance sources (primary
loudspeakers) at either end of the mockup are used to
generate the disturbance sound field. The primary loud-
speakers are driven by band limited gaussian white noise
in a frequency range of 200 Hz-300 Hz. The amplitude
spectrum measured at the ear of the dummy head, in
case primary loudspeaker 1 or 2 is used as a disturbance
source, is shown in Fig. 6.

Figure 5: Overall setup of the wooden aircraft cabin mockup
with two primary loudspeakers and the active headrest sys-
tem.

The ANC-algorithms are computed on a real time oper-
ating system (dSPACE, DS1006). Due to the computa-
tional load of the algorithms a SISO system is used to
evaluate the algorithms using the secondary loudspeaker
and physical microphone on the left side of the dummy
head [12]. The transfer functions between the secondary

Figure 6: Amplitude spectrum of the disturbance signal
measured at the left ear of the dummy head using primary
loudspeaker 1 (red) or primary loudspeaker 2 (gray) as a dis-
turbance source.

loudspeaker and the physical microphone S(z) respec-
tively the secondary loudspeaker and the virtual micro-
phone Sv(z) are shown in Fig. 7. The transfer functions
include the influence of the digital/analogue converter,
analogue/digital converter, amplifier, microphone, loud-
speaker and acoustic path.

Figure 7: Amplitude spectrum and phase of S(z) (red) and
Sv(z) (gray) at the left ear of the dummy head in the nominal
position.

Results

Two real-time experiments are conducted to evaluate the
performance of the three virtual sensing algorithms. As a
reference, the head mounted microphone technique (HM)
[13], shown in Fig. 1, is used.

The first experiment alters the position of the primary
loudspeaker. Fig. 8 (top) shows the attenuation in case
the disturbance signal comes from primary loudspeaker
1. All algorithms are tuned for this disturbance config-
uration and achieve a 10 dB zone of quiet located at the
ear, except for the VMT-algorithm. Changing the dis-
turbance source to primary loudspeaker 2 leads to the
attenuation shown in Fig. 8 (bottom). As it can be seen
none of the virtual sensing techniques is able to produce
a 10 dB zone of quiet if the disturbance source position
is changed.
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Figure 8: Attenuation for a broadband disturbance 200 Hz−
300 Hz from primary loudspeaker 1 (top) and primary loud-
speaker 2 (bottom) with the head of the manikin in the nom-
inal position.

The second experiment shows the influence of head move-
ment in case the disturbance signal comes from primary
loudspeaker 1. The HM- and RMT-algorithm use a head
tracking algorithm to consider the actual head position as
described by Jung et. al. [14]. The attenuation achieved
for the nominal head position is shown in Fig. 9 (top).
Moving the head forward by 10 cm, it can be seen that
the HM- and RMT-algorithm with head tracking are able
to keep the 10 dB zone of quiet at the ear as shown in
Fig. 9 (middle). But the attenuation decreases, due to
additional delay in the acoustic path. For the VMC- and
VMT-algorithm the attenuation is ≤ 10 dB as the head
is moved away from the zone of quiet. Moving the head
forward by 20 cm makes this even clearer. As the sta-
bility of all virtual sensing algorithms only depends on
the transfer function between the secondary loudspeaker
and the physical microphone no instabilities occur while
moving the dummy head [9, 14, 15].

Conclusion

In this manuscript the influence of non-stationary broad-
band disturbances and head movement on the attenua-
tion performance of an active headrest system using a

Figure 9: Attenuation for a broadband disturbance 200 Hz−
300 Hz from primary loudspeaker 1 with the dummy head in
the nominal position (top), moved forward by 10 cm (middle),
and moved forward by 20 cm (bootom).

feedback controller and three virtual sensing techniques
has been investigated.

It has been shown that none of the discussed virtual sens-
ing techniques is able to produce a 10 dB zone of quiet
in case of non-stationary broadband disturbances. Con-
sidering head movement only the RMT-algorithm with
head tracking is able to achieve a 10 dB zone of quiet at
the ear for all considered head positions.
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