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ABSTRACT

The evolving field of ear-mounted hearing devices manifests
in more people wearing headphones, hearing aids or hearables
in daily life. One of their purposes is to reduce the increasing
burden of ambient noise. Their passive attenuation of noise can
be supplemented by using Active Noise Cancellation (ANC). It
uses acoustic anti-phase compensation. The occurring ambient
noises in daily life can have a highly time-variant nature, e.g.
with varying direction of arrival. In this contribution, we investi-
gate the direction-dependency of ANC systems based on acoustic
device-specific head related transfer functions (DHRTF). The
DHRTF were measured with a fast measurement system for HRTF.
We focus on in-ear headphones as the acoustic front-end. The
headphones comprise two microphones; an outer microphone
for ambient sounds and an inner microphone, which faces the
eardrum. The transfer function between these two microphones
is called the primary path. For the ANC system, we investigate
optimal time-invariant feedforward filtering that depends on the
primary path. Therefore, changes in the primary path due to
varying directions of arrival may degrade the performance. The
DHRTF measurements reveal differences in magnitude and phase
of the primary path. Evaluations show that the attenuation per-
formance depends on the direction of arrival.

1 Introduction

The degrading effect of environmental noise on human health
is a widely debated topic [1]. Avoiding the causes for environ-
mental noise or directly tackling it at the source is certainly the
preferred approach. However, as this might be very costly and
sometimes not possible, one other approach is to tackle it at the
individual receiving end, the human ear. Ear-mounted hearing
devices, such as headphones, headsets or hearing aids already
offer certain passive attenuation, especially at high frequencies.
Foremost, in-ear headphones are becoming more popular as they
achieve a high attenuation of environment noise by occluding
the ear canal. The methods of Active Noise Cancellation (ANC)
offer an appealing supplement to also tackle low frequency noise.
ANC works by the principles of acoustic anti-phase compensa-
tion [2]. Furthermore, ANC approaches become more feasible
due to developments of integrated circuits (ICs) with ANC func-
tionality included, by manufacturers such as Analog Devices or
Qualcomm. These solutions mostly work with time-invariant
filtering, specifically optimized for the given headphone. Thus,
they barely adjust to time-variant environments, as e.g. appear-
ing in traffic. Especially, as we are dealing with ear-mounted
devices and head movements, the direction-of-arrival (DOA) will
be highly time-variant. Considering the research field of head
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FIGURE 1: Acoustic front-end with desired ambient sounds, xd(t)
and noise xn(t) connected to the electronic back-end.

related transfer functions (HRTF) [3], which describe the DOA
dependency of human hearing, we also expect a certain DOA
dependency of ANC headphones. The addition of communication
functionality to enhance the headphone to a headset, holds addi-
tional challenges as the occlusion effect, e.g. [4], [5] that shall be
considered, but are not the focus of this paper.

The direction dependency for on-ear ANC headphones has,
e.g., been investigated by Guldenschuh in [6] and [7]. In his
publications he showed significant deviations from the mean fre-
quency response due to DOA for frequencies below 200 Hz and
above 1 kHz. He suggested an adaptive approach based on com-
ponents determined by the principle component analysis (PCA)
for a comprehensive and effective representation of the optimal
filters for 336 different DOAs. In our contribution we are further
investigating in-ear headphones. They are expected to have less
DOA dependency, as the proximity of the two microphones in the
headphone is closer and the whole housing is more compact.

We are going to describe the design of a time-invariant ANC
system and give a novel view on the required accuracy of the anti-
noise signal to achieve a certain attenuation. Thereafter, we will
introduce the measurement setup for the investigation on DOA
dependency of the primary path, which is the relation between
the outer and the inner microphone of the headphone. These
measurements are analyzed and interpreted. Finally, another set
of measurements with the different active settings of the ANC
system is shown and described.

2 Active Noise Cancellation
The active cancellation of noise requires additional compo-

nents within the headphone, including two extra microphones,
as well as an electronic back-end with digital signal processing
(DSP) capabilities as illustrated in Fig. 1. For the acoustic front-
end we are focusing on an in-ear headphone. In addition to

P(z) +

G(z)

Ŵ (z) + K(z)

x(n) d(n) e(n)

y(n) u(n)

ỹ(n)

FIGURE 2: Discrete ANC model with feedforward and feedback
filter Ŵ (z) and K(z).

the inner loudspeaker, it includes two microphones, one facing
the outer side, recording the ambient sound, and one facing the
eardrum, recording the in-ear sound. Of special interest for any
ANC system are the two transmission paths, the primary path
P(z) and the secondary path G(z). P(z) describes the transmis-
sion from the outer to the inner microphone. For headphones the
characteristic is expected to be depending upon the A similar to
human hearing. We are further investigating this assumption in
the following. G(z) on the other hand describes the transmission
from the inner loudspeaker to the inner microphone. The path
is typically described by one filter model, which involves the
influence of digital-analog conversion (DAC), loudspeaker char-
acteristic, acoustic transmission from loudspeaker to microphone,
microphone characterstic and analog-digital conversion (ADC).
In Fig. 1 we visualized the acoustic secondary path GA(s) that is
depending upon the housing and the fitting of the headset as well
as the individual ear canal.

The electronic back-end, visualized in the lower half of Fig. 1,
includes the AD- and DA-conversion and the algorithm, which
is implemented on a digital signal processor (DSP). ANC can
be realized as a feedforward and feedback system, depending
upon which of the two microphone signals is used to create the
digital cancellation signal ỹ(n). The feedforward system uses
a digital version of the outer microphone signal x(n) and relies
on causality to attenuate the inner disturbance signal d(n) [7].
The feedback system uses the inner microphone signal e(n) and
feeds a filtered version back into the ear via the loudspeaker. The
feedback system reacts to changes inside the ear canal and is by
principle not delayless between recording and interference.

Fig. 2 shows a digital model of the ANC system. It includes
the discrete models for the primary path P(z) and the secondary
path G(z) in gray. The outer disturbance signal x(n) is filtered
by the primary path P(z) and results in the inner disturbance
signal d(n). This inner disturbance signal is interfered with the
compensation signal ỹ(n) filtered by the secondary path G(z).

2.1 Feedforward ANC
For feedforward systems it is important to interfere the dis-

turbing sound d(n) with an anti-sound that matches the amplitude
and the inverse phase of d(n) as accurate as possible. This gets
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clearer when further observing the relation between e(n) and x(n)
in the z-Domain solely for the FF system (K(z) = 0):

E(z)
X(z)

= P(z)−G(z)Ŵ (z). (1)

For a large attenuation, relation (1) needs to take small values.
Therefore, the optimal filter would be

Ŵopt(z) =
P(z)
G(z)

. (2)

However, the secondary path G(z) is non-minimum-phase, as it
contains the acoustic component GA(s). Therefore, the calcula-
tion of Ŵopt(z) results in an anti-causal system, when the latency
of the acoustic primary path PA(s) is larger than the latency of
acquisition, processing and replaying the cancellation signal. The
delay to create the cancellation signal is described by the con-
catenation of the cancellation filter Ŵ (z) and the secondary path
model G(z).

To determine a causal approximation of Ŵopt(z) in the mini-
mum mean-square error sense, we are using the FIR-solution of
the Wiener-Hopf-Equation [8]:

ŵ = Ψ−1
g,g ·ϕϕϕ p,g, (3)

with Ψg,g being the auto-correlation matrix for the filter impulse
response g(n) and ϕϕϕ p,g being the cross-correlation vector between
p(n) and g(n).

2.2 Feedback ANC
The feedback system relies on low latency from recording

the disturbing sound to interfering the waves with the anti-sound.
The latency is contained in the concatenation of K(z) and G(z)
and is also known as the open loop transfer function. The active
attenuation of the feedback system is described by the sensitivity
function

SFB(z) =
E(z)
D(z)

=
1

1+G(z)K(z)
. (4)

It relates the e(n) to d(n) in the z-domain. To obtain an error sig-
nal with low power, (4) has to become small. Thus, the controller
K(z) has to become large without creating instability. Methods
for designing a feedback controller K(z) are, e.g., the mixed sensi-
tivity H∞-controller design method, as described in [5]. Feedback
systems are not depending upon P(z), but only on G(z). As loud-
speaker and inner microphone have fixed positions and are in

direct proximity to each other, secondary path G(z) is not ex-
pected to have a DOA dependency. Only the d(n) will change
depending upon the direction. Thus, feedback ANC systems are
expected to have no DOA dependency. This assumption is further
investigated in Sec. 5.

2.3 Bound on attenuation
The goal is to get a quantitative expression for the attenuation

that is achieved by anti-phase compensation for a given magnitude
and phase deviation of ỹ(n) in relation to d(n) for tonal signals.
In order to analytically derive the necessary accuracy for an anti-
phase signal, we are regarding the substraction of a sinusoidal
disturber A ·cos(ωt) with a compensation signal B ·cos(ωt+∆φ).
The absolute amplitude deviation is defined as ∆A=A−B. We are
interested in the real part of the difference between the disturbance
and the compensation, which can be described for convenience
as:

DR(t) = A · cos(ωt)−B · cos(ωt +∆φ) (5)

= Re
{

A · e jωt −B · e j(ωt+∆φ)
}

(6)

= Re
{
(A−Be j∆φ ) · e jωt

}
. (7)

This relation is visualized in Fig. 3. Using Euler’s formula e jθ =
cos(θ)+ j sin(θ) and looking at the real part, we get

DR(t) = (A−Bcos(∆φ))cos(ωt)+Bsin(∆φ)sin(ωt) (8)
=C cos(ωt)+ B̃sin(ωt) (9)

We can see that the real part of the difference vector has a cosine
and a sine component that is depending upon time t.

Overall, we are interested in the attenuation of the distur-

FIGURE 3: Substractive compensation of disturbance phasor
A · e jωt with compensation phasor B · e j(ωt+∆φ).
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bance:

Att =

N
∑

n=0
d2(n)

N
∑

n=0
(d(n)− y(n))2

, (10)

for a total number of N samples. In continuous domain the atten-
uation can be formulated in integral form over one period T from
an arbitrary beginning t0 for power signals:

Att =
1
T
∫ t0+T

t0 d2(t)
1
T
∫ t0+T

t0 (d(t)− y(t))2
. (11)

To evaluate the denominator of (11), we are regarding the
root-mean-square (RMS) or effective value DR,RMS of the contin-
uous signal D2

R(t), given by

DR,RMS =

√
1
T

∫ t0+T

t0
D2

R(t)dt, (12)

with (9) and using the trigonometry rules sin2(ωt) =
1
2 (1+ cos(2ωt)), and cos2(ωt) = 1

2 (1− cos(2ωt)), as well as
cos(ωt)sin(ωt) = 1

2 sin(2ωt).

D2
R(t) =

C2

2
(1− cos(2ωt))+

B̃2

2
(1+ cos(2ωt))+

CB̃
2

sin(2ωt).

(13)

The integral over a full period of a sine or cosine is zero(∫ t0+T
t0 sin(ωt)dt = 0

)
, thus, (12) together with (13) results in

DR,RMS =

√
C2

2
+

B̃2

2
. (14)

Observing the squared RMS-value and reinserting the substituted
C and B̃ leads to

D2
R,RMS =

C2 + B̃2

2
=

1
2
(
A2−2ABcos(∆φ)+B2) . (15)

The numerator of (11), determined by the RMS-value of the
disturbance signal using trigonometry rules, yields

A2
R,RMS =

√
A2 · 1

T

∫ t0+T

t0
cos2(ωt)dt =

√
A2

2
. (16)
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FIGURE 4: Attenuation depending upon the phase deviation ∆φ
and relative amplitude deviation ∆Arel.

The overall gain, the inverse of the attenation (Gain = Att−1)
given in (11), is

Gain =
D2

R,RMS

A2
R,RMS

= 1−2
B
A

cos(∆φ)+
B2

A2 (17)

= 1−2∆Arel cos(∆φ)+∆A2
rel, (18)

with the relative amplitude deviation

∆Arel =
B
A
=

A−∆A
A

. (19)

The square function in (18) results in the following solution for
the relative amplitude deviation ∆Arel depending upon the phase
deviation ∆φ and the Gain:

∆Arel = cos(∆φ)±
√

cos2(∆φ)− (1−Gain). (20)

Note that (19) as well as (20) are independent of ω .
Fig. 4 shows the attenuation as a function of the phase devia-

tion ∆φ for different relative amplitude deviations ∆Arel, as given
in (18). Attenuation values below 0 dB indicate an amplification
of the overall sound by the anti-sound. When observing a case
with exact amplitude matching (∆Arel = 0 dB), it is possible to
achieve significant attenuation with low phase deviation. However,
a phase deviation of ∆φ > 60◦ results in an amplification. With a
perfect phase matching (∆φ = 0◦), a relative amplitude deviation
of ∆Arel > 20 log10(2) = 6.02 dB leads to an amplification.

Based on (20), we can determine bounds for different target
attenuations depending upon a combined amplitude and phase
deviation. These bounds are visualized in the following Fig. 5 for
Att = {0,5,10,15 and 20} dB. All deviations below the curves
result in an attenuation, all deviations above result in an unwanted
amplification. Note that a high attenuation of 20 dB requires a
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FIGURE 5: Attenuation boundary curves. For deviations (∆Arel
and ∆φ ) matching the curve, you achieve the indicated attenuation
of {0,5,10,15,20} dB

precise anti-phase compensation with less than 0.83 dB relative
amplitude deviation and less than 5.76◦phase deviation. However,
when encountering a constant time delay ∆t of the cancellation
signal, the problem of phase deviation increases with rising fre-
quency, as the need to transform the time delay in a phase devia-
tion. These observations give already a good idea of the principles
as well as the limitations of ANC. The results are consistent to
previously presented qualitative arguments, e.g. in [7].

3 Measurement Setup
The measurements are conducted in a measurement setup

for fast acquisition of individual head-related transfer functions
visualized in Fig. 6. The setup was constructed at the Institute
of Technical Acoustics, RWTH Aachen University and was built
with the intention to keep the interference of the system on the
measured system minimal [3]. The system houses 64 1” loud-
speakers on an incomplete half circle in vertical direction. The
loudspeakers are located every 2.5 ◦, from ϕ =1.25 ◦ at the top of
the subject, to ϕ =s160 ◦ at the bottom. The subject is standing
with the ears at 2 m height on a rotating platform, in distance of
1.2 m of the loudspeakers. Either continuous or step-wise azimuth
rotation can be used, depending upon the time constraints of the
measurement [9]. The measurements itself are based on FFT
measurement techniques. To speed up the measurements, the
multiple exponential sweep method is used [10] with optimized
sweep rates for the room and system [11]. The delay between
sweeps is set to 30 ms and the sweep rate is set to 8.6 oct.

s . The
measurements were performed at a sampling rate of fs = 48 kHz.

As the system is designed to measure HRTFs, which do not
carry much information at low frequency, and because of the size
of the loudspeakers, the frequency range of the measurements has
a lower band limit of 350 Hz. As this limitation will impact the
investigation of the active performance of the ANC system, a sec-
ond set of measurements is conducted with a single loudspeaker
(Neumann KH120A, linear magnitude spectrum from 52 Hz to
21 kHz ± 3 dB) and the rotating platform to obtain low frequency
information on the horizontal plane. The setup is shown in Fig. 7.
For this measurement the loudspeaker is positioned at 2 m height

FIGURE 6: ITA HRTF Mea-
surement system with a Head
Acoustics Dummyhead wear-
ing Bose QC20 headphones
in the center position (1.2 m
distance).

FIGURE 7: Horizontal plane
measurement with Neumann
KH120 loudspeaker for en-
hanced low frequency range
(1.5 m distance).

and 1.5 m distance to the head.
For reproducible measurements a Head Acoustics dummy-

head with integrated ear simulator (HMS II.3 with 6460 MFE
VI amplifier, HEAD Acoustics GmbH, Herzogenrath, Germany)
is used. A Bose QC20 in-ear headphone without the Bose elec-
tronics [12] is used as the acoustic front-end and placed firmly in
the ears of the dummyhead. As we are including the headphone
device microphones in the measurement, we refer to this measure-
ment as a device-specific head related transfer function (DHRTF).
Sine sweep measurements are conducted in the frequency range
of 20 Hz and 350 Hz to 24 kHz for single loudspeaker and the
HRTF measurement, respecitvely.

For both measurements the head is rotated and measured
every 5 degree on the horizontal plane with a frequency range
of 20 Hz to 24 kHz. This results in a total number of M = 4608
different directions for the HRTF and M = 72 different direc-
tions for the single loudspeaker measurement. The measurement
and post-processing procedures are part of the open source ITA
Toolbox [13, 14] which is developed at the Institute of Technical
Acoustics, RWTH Aachen University. The measurements have
been postprocessed with a hann window in the time domain to
cancel the dominant reflection in the impulse responses due to
the concrete floor of the semi-anechoic chamber visible in Fig. 6.
The windows have been chosen to start at a cutoff time of 7.2 ms
reaching the stopband at 7.5 ms for all DHRTF and 12.2 ms and
12.6 ms respectively for the single loudspeaker measurements.
The timing of the first reflection is depending upon the minimum
distance to the floor of the setup. Note that this time filtering
limits the resolution at low frequencies. The lowest frequency
still fitting into the given cutoff time periods would be 139 Hz and
82 Hz, respectively.

The coordinate system definition used in the following, is
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FIGURE 8: Coordinate system definition of measurements with
azimuth angle ϕ and elevation angle θ . Including Horizontal,
Frontal and Median Plane.

shown in Fig. 8.
As we are investigating an ANC system, which has its largest

impact at low frequencies, we are concentrating on frequencies be-
low 4000 Hz. The lower cut-off frequency for the semi-anechoic
room is 100 Hz. Below we would get acoustic modes and thus no
reliable acoustic measurements.

4 Analysis of Primary Path Measurements
To show the range of the measured primary paths Pi(z) in the

frequency domain, we introduce a percentile line plot, which is a
line-based version inspired by the well-known box-and-whisker
plots [15]. The giving definition is purely data dependent. It con-
tains the median ( ), the 25% and 75% percentile ( ), the
2.5% and 97.5% percentile ( ), as well as the overall minimum
and maximum of the selected directions in each frequency bin
( ). Note that in the range of the 25% and 75% percentile
( ) contains 50% of the values and in the range of the 2.5%
and 97.5% percentile ( ) 95% of the values are covered. The
second type of plot we will be showing is a colored 2-D plot
depending upon frequency and angle in the selected plane (hor-
izontal, frontal, median). The color describes the z-value (here:
magnitude or phase) that is evaluated at a selected frequency and
angle. We will refer to it as a surface plot. Third, we will show
the standard and the maximum deviation from the mean value
depending on the frequency to show the variations in a condensed
form.

In the following, we are further investigating the deviations
of the primary paths Pi(z) from the nominal primary path Pn(z),
where i describes the selected directions,. The nominal primary
path has been selected as the lateral left direction for the left ear of
the dummyhead (θ = 90◦, ϕ =−90◦). We only visualize the left
side signals, as the measurements indicated symmetry between
left and right ear for the case of the dummyhead.
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FIGURE 9: Percentile line plot for the DHRTF measurements
(M = 4608), including the nominal primary path Pn(z).

The optimal feedforward filter Ŵ (z) given by (2) as well as its
causal approximation in (3) are depending upon the primary path
P(z). Therefore, we will examine the deviation of the primary
paths from the selected nominal primary path in magnitude and
phase. As motivated earlier, the magnitude and phase deviation
of the anti-noise is defining the achievable attenuation. When
using an optimal feedforward controller for one direction, we are
thus expecting a degrading of the attenuation, which could be
estimated with the argumentation in Sec. 2.3.

The relative magnitude deviation, similar to (19) is calculated
in the complex domain:

∆Prel(z) =
∣∣∣∣Pi(z)−Pn(z)

Pn(z)

∣∣∣∣ with i ∈ Selection. (21)

The phase deviation is determined from the unwrapped phase
∠Pi(z) = unwrap(arg(Pi(z))) of the individual directions:

∆∠P(z) = |∠Pi(z)−∠Pn(z)| with i ∈ Selection. (22)

These deviations will be visualized in the surface plots.

4.1 Full sphere DHRTF measurement
The DHRTF measurements with the M = 4608 different di-

rections allow for a comprehensive view on the DOA dependency
of the primary path P(z) above 350 Hz. The visualization will
be limited to the range from 350 Hz to 4000 Hz to concentrate
on the effective working frequency range of ANC. Fig. 9 shows
the percentile line plot for the complete DHRTF dataset. As a
reference we can refer to the median ( ) as well as the selected
nominal primary path Pn(z) from lateral left direction ( ). For
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FIGURE 10: Standard deviation (Std) and maximum deviation
(MaxDev) from the mean primary path P(z) = 1

M ∑M
i=0 Pi(z) for

the DHRTF measurements with M = 4608 directions.

most the frequencies we can see that the selected nominal path
lies within the 50% percentile in the bounds of ( ). However,
it further deviates for frequencies above 1 kHz. Observing the
percentiles in comparison to the median, the illustration suggests
a rather small deviation of 1-2 dB in the magnitude and 10-20 ◦

in the phase for the 50% quantile, within the bounds of ( ).
The 95% quantile ( ) indicates a deviation of up to 5 dB in
the magnitude and up to 30 ◦ in the phase. The minimum and
maximum deviations ( ) show large deviations from 800 Hz
on. In general the spread is increasing with increasing frequency.
Especially the phase deviation ∆∠P(z) is expected to have a large
impact on the performance of the ANC system.

The standard and maximum deviation from the mean primary
path for the full sphere, based on the DHRTF measurements, is
visualized in Fig. 10. The graph shows that the standard deviation
(Std) of the magnitude is very low with less than 2 dB up to 3 kHz
and Std of the phase is well below 20 ◦ below 1 kHz. The primary
path deviations for on-ear headphones in [6] show comparable
results. Note that we are considering the full sphere in Fig. 10 and
did not separate the different planes.

To get further insight, Fig. 11a to Fig. 11c shows the angle
depending deviations from the nominal path for the horizontal,
frontal and median plane following Fig. 8. Especially, the large
maximum deviations visible in Fig. 10 are getting clearer within
the surface plots. For a comprehensible illustration we are con-
centrating on those three planes. All three planes, show up to 0 dB
relative magnitude deviation and up to 30 ◦ phase deviation for
frequencies below 1 kHz.

For the horizontal plane in Fig. 11a, we can clearly see the
nominal path at θ = 90◦ and ϕ = −90◦ as a blue minimum in
the magnitude and phase. We can also see resonance effects on
the opposite head side starting at roughly ϕ = 50◦ and ϕ = 135◦

from 1.2 kHz on. These large deviations from the nominal path

(a) Horizontal Plane (DHRTF)
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(b) Frontal Plane (DHRTF)
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(c) Median Plane (DHRTF)
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FIGURE 11: Relative Deviation of Pi(z) with i ∈ Select Plane
from the nominal path primary Pn(z).
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the single loudspeaker measurements with M = 72 directions.

are slightly shifting towards the right side at ϕ = 90◦ finally
reaching ϕ = 80◦ and ϕ = 100◦ for f = 4 kHz. These resonance
effects were reproducible with repositioning headphones and are
the reason for the large maximum deviations in Fig. 9 and Fig. 10.
Consistent effects are visible in the phase deviation. The straight
line at ϕ = 130◦ is an unwrapping effect. Similar observations
can be made in the frontal plane in Fig. 11b and the median plane
in Fig. 11b.

4.2 Horizontal plane with KH120A
To expand the view on the directional dependency to frequen-

cies below 350 Hz we also conducted measurements with a single
loudspeaker (Neumann KH120A). This is important as ANC sys-
tems typically achieve their best performance at low frequencies.
For this setup we only acquired M = 72 measurements in the
horizontal plane for θ = 90◦. We expected low to no DOA depen-
dency for low frequencies below 200 Hz, which is well supported
by the measurements. This indicates that amplifications due to
mismatch in magnitude and phase in the horizontal plane, are
expected to appear above 1000 Hz, where ANC systems have very
limited effect. Fig. 12 shows the standard and maximum deviation
from the mean primary path for the horizontal plane, based on the
single loudspeaker measurements with an extended low frequency
span ranging from 100 Hz to 4000 Hz. We expected low to no
DOA dependency for low frequencies below 200 Hz, which is
well supported by the measurements. Furthermore, the resonance
effects that lead to the large maximum deviation in Fig. 12, are
appearing at frequencies above 1 kHz in the horizontal plane.

4.3 Conclusion on DOA dependency of primary paths
The DHRTF as well as the single loudspeaker measurements

reveal the DOA dependency of the primary paths. For frequencies

below 200 Hz the paths can be regarded as approximately DOA
independent. Similar to [7] the deviation in magnitude and phase
are becoming severe above 1 kHz. However, considering the full
sphere in Fig. 10 revealed larger deviations than mentioned by
Guldenschuh already at low frequencies. The large maximum
deviations in magnitude and phase can be argued with a effect
angle- and frequencies-wise limited effects as visible in Fig. 11a,
expected to be resonance effect of the headphone. Due to the DOA
dependency of the primary paths we expect that the achievable
attenuation of an ANC system realized with time-invariant filters
is depending upon the DOA.

5 Active measurements
To verify the DOA dependent attenuation, we conducted a

third set of measurements under the same acoustical conditions as
before, but activated different ANC settings. For these measure-
ments, we used the single loudspeaker setup with the Neumann
KH120A and rotated the dummyhead with inserted headphones in
5 ◦ steps. The dummyhead microphones were used in the measure-
ments at these discrete azimuth angles. As we assume all filtering
operations to be time-invariant, we used exponential sweeps as
the excitation signal.

We considered the passive usage without any active compen-
sation, as well as four different settings of active processing: Only
a feedback controller (FB) [16] (Fig. 13b), only a feedforward
controller (FF) introduced in (3) (Fig. 13c), a combined system
with feedback and feedforward controller (FFFB) (Fig. 13d), and
a commercially available solution with the original Bose QC20
Electronics (BoseElec) (Fig. 13e). Additionally to all these set-
tings, we did one measurement with open ears to have a reference
for the passive attenuation of the headphones (Fig. 13a).

For the settings (FB), (FF) and (FFFB) the Bose QC20 in-
ear headphone was connected to a dSPACE DS1005 real-time
system with DS2004 and DS2102 extension boards. Excluding
the acoustics, the dSPACE system has a round trip delay of 1
sample at a sampling rate of fs = 48kHz. We are using the
implementation as described in Sec. 2. For the setting (BoseElec)
the Bose QC20 in-ear headphone was connected to the original
Bose QC20 electronics. To guarantee the highest possible degree
of comparability, fitting and setup were not changed during the
whole measurements. To acquire the passive attenuation of the
headphones we related (passive) to (open) measurement. For
the other cases, we related the active setting (FB, FF, FFFB,
BoseElec) to the (passive) setting to solely observe the active
attenuation. In the plots we will be visualizing the frequency
dependent Gain, which is the inverse of the attenuation. Thus, a
value below 0 dB corresponds to an attenuation and a value above
0 dB corresponds to an amplification introduced by the system.
The passive attenuation is to a large degree DOA independent,
as visible in Fig. 13a. For frequencies above 2 kHz there seem
to be a few outliers, visible as a wider spread in the data. It
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FIGURE 13: Percentile line plot of passive and active attenuation.
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FIGURE 14: Median overall gain with active and passive attenu-
ation for all cases.

introduces a slight amplification of up to 3 dB around 200 Hz
and increasingly attenuates sound from 300 Hz on. At 2 kHz the
attenuation surpasses 26 dB.

In the following active attenuations, the passive attenuation
has already been compensated for. Thus, to get the overall atten-
uation of the headphone, one would need to add up the passive
and active attenuation. As argued in Sec. 2.2, the feedback con-
troller performance is expected to be DOA independent, which is
supported by the measurements shown in Fig. 13b. The feedback
controller reaches the highest attenuation of 13 dB around 200 Hz.
For feedback control systems an attenuation at one frequency
range requires the amplification at other frequencies. This effect
is called the waterbed effect [17] and is visible as an amplification
of 12 dB around 1.6 kHz. The DOA-wise more interesting case
is the feedforward controller depicted in Fig. 13c. It shows a sig-
nificant deviation from the median already for frequencies above
140 Hz. Between the 25% and the 75% percentile the attenuation
already has a spread of more than 10 dB. When you compare the
nominal direction ( ) with the others, it is remarkable that
the feedforward controller specifically designed for this nominal
direction, can achieve better performance in other directions. The
first aspect that stands out when comparing the combined system
(FFFB) in Fig. 13d to the (FF) system in Fig. 13c is the decreased
DOA dependency in the frequency range below 1 kHz of the com-
bined system. The feedback controller has a stabilizing effect
on the feedforward controller, additional to the desired increase
in attenuation at low frequencies. When finally comparing the
combined system (FFFB) to the original (BoseElec) in Fig. 13e.
We can deduce that the Bose system incorporates a slightly higher
attenuation as well as a lower DOA dependency. Note that the
feedforward filters were not designed for minimum DOA depen-
dency, but this contribution analyses a typical design procedure
for such filters.

The following Fig. 14 shows the median overall gain with
active and passive attenation of all cases, to allow for a more
precise comparison. It is clearly visible that the commercial Bose
system has an advantage below 200 Hz, which will large be due
to a larger attenuation of their feedback controller. The feedback
controller we used for this evaluation has been designed for the

9 Copyright c© 2018 by ASME



special purpose of occlusion reduction [5] and still has potential
for higher performance. The presented FFFB system shows better
performance from 500 Hz to 700 Hz.

6 Conclusion
In the course of this paper we very briefly described the de-

sign of time-invariant feedforward controller based on the Wiener-
Hopf equation and time-invariant feedback controllers. A novel
analytical expression for the achievable attenuation for a given rel-
ative amplitude deviation and phase deviation of the anti-noise sig-
nal has been derived. This expression gives a deeper insight into
the required accuracy for anti-phase compensation. We presented
an analysis of direction-of-arrival (DOA) dependent primary paths
acquired with a fast HRTF measurement system (64 angles in ele-
vation and 72 angles in azimuth) and a single loudspeaker setup
(72 angles in azimuth). A significant variation in magnitude
and phase has been observed. These variations result in a DOA
dependent attenuation of an ANC system with a time-invariant
feedforward filter. Within a third measurement set, different set-
tings of the active system have been related to passive and open
measurements. As expected, the passive attenuation and the active
feedback system have shown to be largely DOA-independent. The
anticipated DOA dependency of the feedforward controller could
be verified with the measurements. However, it is remarkable
that the combined feedforward-feedback system shows a slightly
reduced DOA-dependency. The system has also been compared
to the original Bose electronic. In future work, we will inves-
tigate ways to enhance the attenuation and decrease the DOA
dependency.
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