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In this paper we consider an in-ear headphone equipped with an external microphone and aim to min-
imize the sound pressure at the ear drum by means of a fixed feedforward ANC controller. Based on
measured acoustic paths to predict the sound pressure generated by external sources and the head-
phone at the ear drum, the FIR filter coefficients of the ANC controller are optimized for different
sound fields. Due to the acoustic feedback path between the loudspeaker and the microphone, a sta-
bility constraint based on the Nyquist stability criterion is introduced. Performance degradations due
to reinsertions of the headphone and intra-subject variations are addressed by simultaneously opti-
mizing the controller for several measurement repetitions of the acoustic paths. Simulations show
that the controller optimized for an ipsilateral excitation produces an attenuation of at least -10 dB
that extends approximately to +45° and -65° from the ipsilateral DoA. The controller optimized for
a diffuse-field excitation achieves an attenuation of at least -10 dB over a wider range of DoAs on
the ipsilateral side, namely +90° to -90°. Optimizing the controller for several measurement repeti-
tions is shown to be effective against performance degradations due to reinsertions and intra-subject
variations. Keywords:in-ear headphones, fixed feedforward

1. Introduction

Active Noise Control (ANC) applied to headphones aims at minimizing the environmental noise at the
listener’s ears [1]. These devices combine the passive attenuation achieved by the construction material
of the headphone and the active attenuation achieved by means of ANC. While passive attenuation is
mainly effective in the mid and high frequencies, ANC is mainly effective in the low frequencies. The
working principle of ANC is based on the destructive superposition of sound waves. In this context, the
sound wave of the environmental noise reaching the listener’s ear overlaps with the sound wave generated
by the loudspeaker of the headphone. If both sound waves have the same magnitude but opposite phase,
the resulting sound pressure is zero.

Fig.1(a) depicts an in-ear headphone equipped with an external microphone, an inner microphone and
a loudspeaker. The wave of the incident noise first arrives at the external microphone as x(n), then travels
through the device until it reaches the inner microphone as r(n), and finally reaches the ear drum as d(n).
Simultaneously, the ANC controller generates the signal −u(n) to drive the loudspeaker, aiming at gen-
erating a sound wave that destructively overlaps with the sound wave of the incident noise. Several ANC
approaches have been proposed in the literature [2]. ANC approaches using the time-advanced external
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(a) (b)

Figure 1: (a) in-ear headphone, where x(n), r(n) and d(n) denote the signals generated by the inci-
dent noise arriving at the external microphone, the inner microphone and the ear drum, respectively,
and −u(n) denotes the loudspeaker signal generated by the ANC controller. (b) block diagram of an
ANC controller implementing a feedforward virtual sensing algorithm using both the external and inner
microphones.

microphone signal to generate the loudspeaker signal are called feedforward approaches, whereas ANC
approaches using the inner microphone signal instead are called feedback approaches. When an inner
microphone is available, feedforward approaches can exploit the inner microphone signal to monitor the
optimality of the ANC filter in minimizing the sound pressure at the inner microphone [3],

Since the sound pressure at the inner microphone and the ear drum can not be assumed to be the
same, virtual sensing algorithms [4] have been proposed that aim at minimizing the sound pressure at
the ear drum. These algorithms make use of transfer functions measured during a calibration stage with
a microphone placed at the ear drum, for instance using an audiological probe tube microphone. This
microphone is removed for the control stage, but the measured transfer functions are incorporated in the
ANC algorithm to make online approximations of the sound pressure at the ear drum.

Fig.1(b) depicts the block diagram of the typical feedforward virtual sensing algorithm exploiting the
availability of an inner microphone. First, the measured transfer function between the loudspeaker and
the inner microphone B̂r(z) is used to estimate the incident noise at the inner microphone r̂(n). Second,
the incident noise at the ear drum d̂(n) is estimated from r̂(n). On the one hand, in the virtual microphone
arrangement (VMA) [5] it is simply assumed that the incident noise at the ear drum is the same as the
incident noise at the inner microphone, i.e. d̂(n) = r̂(n) and M(z) = 1. On the other hand, the remote
microphone technique (RMT) [6] assumes that the incident noise at the inner microphone and the incident
noise at the ear drum are related by the time-invariant transfer function M(z) = Φdr(z)/Φrr(z), using
which d̂(n) can be estimated from r̂(n). Using the measured transfer function between the loudspeaker
and the ear drum Ŝ(z) the sound pressure at the ear drum ê(n) can then be estimated by adding the
estimated control signal at the ear drum ŷ(n) to d̂(n). The estimated sound pressure at the ear drum ê(n)
can then be used to optimize/adapt the feedforward controller W (z) [7].

In this paper, we consider an in-ear headphone equipped with only an external microphone and pro-
pose a robust design procedure to compute a fixed feedforward filter aiming at minimizing the sound
pressure at the ear drum. Similarly as for the RMT, we assume that the incident noise at the external
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Figure 2: Block diagram of the proposed fixed feedforward remote microphone technique using only the
external microphone.

microphone and the incident noise at the ear drum are related by the time-invariant transfer function
Φdx(z)/Φxx(z). Based on measured acoustic transfer functions, the FIR filter coefficients of the ANC
controller are optimized subject to a stability constraint, taking the feedback coupling between the loud-
speaker and the external microphone into account. We propose to increase the robustness against rein-
sertion and intra-subject variations by simultaneously optimizing the controller for several measurement
repetitions.

In Section 2 the proposed system is presented together with the cost function and stability constraint
used for optimizing the controller W (z). In Section 3 simulations results based on measured transfer
functions are used to validate the proposed approach.

2. Fixed Feedforward Remote Microphone Technique

The block diagram of the proposed system is presented in Fig. 2. The incident noise x(n) is measured
by the external microphone. This time-advanced signal is filtered by the fixed controllerW (z) to calculate
the control signal −u(n), which is used to drive the loudspeaker. The generated sound wave travels on
the one hand through the feedback path Bx(z) to the external microphone and on the other hand through
the secondary path S(z) to the ear drum. The signal e(n) at the ear drum is the sum of the control signal
y(n) and the incident noise d(n) at the ear drum. The objective is to design the controller W (z) such that
the PSD of the signal e(n) is minimized. The PSD can be written as

Φee(f) =

(
1− |Φdx(f)|2

Φdd(f)Φxx(f)

)
Φdd(f) +

∣∣∣∣Φdx(f)

Φxx(f)
− W (f)

1 +W (f)Bx(f)
S(f)

∣∣∣∣2Φxx(f), (1)

where Φdx(f) is the cross-power spectral density (CPSD) of d(n) and x(n), and Φdd(f) and Φxx(f) are
the PSDs of the respective signals. The left-hand addend determines the minimum achievable Φee(f),
which is equal to zero when the magnitude squared coherence between d(n) and x(n) is equal to 1. The
right-hand addend defines the scope of optimization of the controller W (z). Here, the controller and the
feedback path Bx(z) build a transfer function, which in series connection with the secondary path S(z)
should approximate the transfer function Φdx(z)/Φxx(z) as well as possible.

Since the signal at the ear drum can not be directly measured during operation, in this work we will
use acoustic transfer functions that were measured during a calibration stage to determine the transfer
function Φdx(z)/Φxx(z) and the secondary path S(z). It should be realized that the transfer function
Φdx(z)/Φxx(z) depends on the position of the headphone, the subject and the incident noise field. Aiming
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at increasing the robustness of the controller against reinsertions of the headphone and intra-subject
variations, we propose to simultaneously optimize the controller for several measurement repetitions.
Assuming an FIR filter for the controller W (z), the filter coefficients w are calculated by minimizing the
regularized cost function in the DFT domain

min
w

R−1∑
r=0

LDFT/2∑
k=0

∣∣∣∣ Φ̂dx(Ωk, r)

Φ̂xx(Ωk, r)
− W (Ωk)

1 +W (Ωk)Bx(Ωk, r)
Ŝ(Ωk, r)

∣∣∣∣2Φ̂xx(Ωk, r) + β
∣∣W (Ωk)

∣∣2, (2)

where W (Ωk) denotes the frequency response of the filter W (z) at the normalized frequency Ωk =
2πk/LDFT, LDFT the DFT length, R the number of measurement repetitions and β the Tikhonov regu-
larization parameter. The CPSD Φ̂dx(Ωk, r) and the PSD Φ̂xx(Ωk, r) are calculated from the measured
signals used during the rth measurement of the calibration stage. Similarly, Ŝ(Ωk, r) denotes the sec-
ondary path between the loudspeaker and the ear drum for the rth measurement during the calibration
stage. Depending on the headphone design and construction materials, the feedback path can sometimes
be neglected, i.e. Bx(Ωk, r) ≈ 0. However, in the general case either the system requires a feedback
control algorithm that works in parallel with the ANC algorithm [8], or the optimization needs to include
a stability constraint that ensures that the resulting controller yields a stable system. Inspired by [9], we
propose to use a frequency-dependent constraint based on the Nyquist stability criterion∣∣W (Ωk, r0)Bx(Ωk, r0)

∣∣2 − ∣∣W (Ωk)Bx(Ωk, r0) + 2ρ
∣∣2 < 0, ∀Ωk, (3)

where ρ denotes the robustness parameter and r0 is chosen as the measurement for which the secondary
path generates the least restrictive multiplicative uncertainty over frequencies between 100 Hz and 12 kHz
[10]. The constraint in (3) ensures that the solution space in the complex plane of the Bode plot is
restricted to the right-hand side of a vertical boundary determined by ρ, as shown in Fig. 3(a). This
avoids that the contour drawn by the open-loop transfer function frequency response W (Ωk)Bx(Ωk, r0)
encircles the Nyquist point at (−1, 0), see Fig. 3(b). As a direct result, the gain and phase margins satisfy

1

GM
≤ ρ (4)

and
PM ≥ arccos(ρ), (5)

respectively. Both margins protect the stability of the system against discrepancies in magnitude and
phase between the measured feedback path Bx(Ωk, r0) and the real feedback path Bx(Ωk). For instance,
by setting ρ = 0.8, gain and phase margins of GM = 1.25 and PM ≈ 37◦ can be produced. The proposed
constrained nonlinear optimization problem can then be solved using the interior-point or sequential
quadratic programming algorithms implemented, for example, in the MATLAB function fmincon().

3. Results

In this section the measured acoustic paths relative to R = 7 measurement repetitions and one subject
from the database in [11] are used. Three types of sound fields are considered as possible calibration
noise fields: (a) a cylindrical-isotropic field generated by uncorrelated broadband noise sources, which
are uniformly distributed around the subject, such that the direction of arrival (DoA) angular resolution
is equal to 7.5◦; (b) a single noise source standing in free field at the ipsilateral (right-hand, DoA =
270◦) side; and (c) a single noise source standing in free field at the contralateral (left-hand, DoA =
90◦) side. For each measurement repetition these calibration noise fields are generated with a sampling
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Figure 3: In (a) the solution space (in gray) generated by a vertical boundary as stability constraint, and
in (b) an example of the gain and phase margins from the contour W (Ωk)Bx(Ωk).

frequency of fs = 44.1 kHz for a duration of 4 seconds. From the simulated external microphone and
ear drum signals biased auto- and cross-correlations φ̂xx(τ, r) and φ̂dx(τ, r) are estimated for a lag span
of ±τmax = Ls + Lw − 1, where Ls is the impulse response length of the secondary path Ŝ(z) and Lw

is the impulse response length of the ANC filter W (z). In our experiments we have used Lw = 512
and Ls = 712. The biased auto- and cross-correlations are DFT-transformed using a DFT length of
LDFT = 8192. The Tikhonov regularization parameter in (2) is set to β = 0.01 · φ̂xx(τ = 0, r0) and the
robustness parameter in (3) is set to ρ = 0.8.

In a first experiment, the influence of the calibration noise field on the attenuation performance in free
field is investigated. Here, one reinsertion is considered (R = 1) and one controller is optimized for each
calibration noise field, i.e. wdiff, wipsi and wcontra. The system is excited in free field sequentially, during
4 s for each DoA, using an angular resolution of 7.5◦. This is done either with ANC on or off. When
ANC is on, the band-limited signal power of the remaining sound pressure at the ear drum e(n) can be
estimated as

Pon(flow, fhigh) =
1

klow − khigh + 1

khigh∑
k=klow

Φee(Ωk), (6)

where klow is the highest index closest to the lowest frequency of interest flow = 100 Hz, and klow is the
lowest index closes to the highest frequency of interest flow = 4 kHz. Similarly, when ANC is off, the
band-limited power of the sound pressure at the ear drum can be estimated as

Poff(flow, fhigh) =
1

klow − khigh + 1

khigh∑
k=klow

Φdd(Ωk), (7)

The ANC performance, i.e. the band-limited attenuation, is calculated in dB by

A(flow, fhigh) = 10 · log10

(
Pon(flow, fhigh)

Poff(flow, fhigh)

)
(8)

for all evaluated DoAs in the horizontal plane.
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Figure 4: Band-limited attenuation in dB as a function of the direction of arrival (a) for the insertion
used during calibration and (b) for a different inserion than used during calibration. The attenuation is
calculated for the frequency range of 100 Hz-4 kHz.

Fig. 4(a) shows the attenuation as a function of the direction of arrival for the three considered con-
trollers wdiff, wipsi, wcontra for the same headphone insertion that was used to compute the controllers.
The controller wipsi optimized for the ipsilateral side (DoA= 270◦) shows a large DoA dependency. It
achieves -20 dB of attenuation when the DoA matches the DoA of the calibration noise field and also at
least -10 dB for the DoAs that extend approximately to +45◦ and −65◦ from the ipsilateral DoA. For the
controller wcontra optimized for the contralateral side (DoA= 90◦) similar attenuations as for wipsi can
not be achieved for all directions, probably because for the DoAs in the contralateral half hemisphere the
performance is limited by a low causality margin, as documented in similar studies [12], and not by de-
viations in the expected DoA. The controller wdiff optimized for a diffuse field shows an attenuation of at
least -10 dB for the whole ipsilateral half hemisphere. This can probably be explained by the shadowing
effect of the human head, which weights the DoAs of the ipsilateral side more.

In the second experiment, Fig. 4(b) shows the attenuation achieved with the controllers wipsi and wdiff

from the previous experiment for a different headphone reinsertion than the one used to compute the
controllers. It can be seen that after reinsertion an attenuation of at most -4 dB can be achieved. More-
over, even when using wipsi and exciting the system from the ipsilateral DoA, i.e. when the calibration
noise field used in the optimization matches the real sound field, still not more than -2.5 dB of attenua-
tion can be achieved. A similar attenuation is produced by wdiff. By comparing these two curves with
the corresponding ones in Fig. 4(a), it can be clearly observed that reinsertion variability plays a more
dominant role than the mismatch between the calibration noise field and the real noise field. However,
if the controllers are optimized using R = 7 insertions and the evaluation is again performed with the
unseen case, both controllers wipsi,ri and wdiff,ri significantly improve the attenuation in the ipsilateral half
hemisphere, with wipsi,ri achieving slightly better results than wdiff,ri. Moreover, the optimization using
multiple insertions achieves an improvement of up to -7 dB of attenuation.

In the third experiment, for the robust controllers wdiff,ri and wipsi,ri from the previous experiment
Fig. 5 shows the frequency-dependent PSD at the ear drum with ANC off and on and the resulting at-
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Figure 5: Frequency-dependent PSD at the ear drum with ANC off and on, and frequency-dependent
attenuation for (a) robust controller wdiff,ri optimized for an ipsilateral free-field excitation, and (b) robust
controller wipsi,ri optimized for a diffuse-field excitation.

tenuation, for a diffuse-field excitation for a different headphone insertion that the one used to compute
the controllers. It can be corroborated that, similarly as in Fig. 4(b), the performance of both controllers
is similar. A relatively broad attenuation bandwidth from 40 Hz to 4 kHz is achieved, although, around
530 Hz the attenuation performance drops and an amplification of approx. 2 dB occurs. At this frequency
a drop in the coherence between d(n) and x(n) was observed and an effect of the reinsertion could be
dismissed. For frequencies higher than 4 kHz, it can be seen that amplifications occur. However, this am-
plifications occur in a frequency region where the headphone provides a large passive attenuation. Due to
the similarity between the performance of both considered controllers wdiff,ri and wipsi,ri, it can be argued
that during the calibration process the reinsertions could be performed with either calibration noise fields.
The ipsilateral single-source free field required by wipsi,ri could be conveniently approximated by a single
loudspeaker placed at the ipsilateral side of the headphone.

4. Conclusions

In this paper we investigated a robust design procedure based on the remote microphone technique
to calculate a fixed feedforward ANC filter for in-ear headphones in which only the external microphone
is available. Assuming an FIR filter for the controller, we optimize the filter coefficients to minimize the
sound pressure at the ear drum by making use of transfer functions measured during a calibration stage
by means of a microphone placed at the ear drum and a calibration noise field. Aiming at increasing the
robustness of the controller against reinsertions of the headphone, we propose to simultaneously optimize
the filter coefficients for several measurement repetitions of the acoustic transfer functions. In order to
account for the feedback coupling between the loudspeaker and the external microphone, a stability
constraint is included in the optimization to ensure that the controller yields a stable system.

Simulations using measured acoustic transfer functions have shown that reinsertions have a much
larger effect on the attenuation than the calibration noise field used to optimize the controllers. Simul-
taneously optimizing for several measurement repetitions has shown to be an effective countermeasure
against this type of variability. Using the proposed robust design procedure similar results could be
achieved by using either a diffuse-field or a single-source free-field excitation during the calibration.
Hence, the ideal setup for the calibration stage would only require a single loudspeaker placed at the
ipsilateral side, with which the measurement repetitions could be sequentially performed.
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