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ABSTRACT

Recent advances in active noise control have enabled the
development of hearables with spatial selectivity, which
actively suppress undesired noise while preserving desired
sound from specific directions. In this work, we propose
an improved approach to spatially selective active noise
control that incorporates acausal relative impulse responses
into the optimization process, resulting in significantly im-
proved performance over the causal design. We evaluate
the system through simulations using a pair of open-fitting
hearables with spatially localized speech and noise sources
in an anechoic environment. Performance is evaluated in
terms of speech distortion, noise reduction, and signal-to-
noise ratio improvement across different delays and de-
grees of acausality. Results show that the proposed acausal
optimization consistently outperforms the causal approach
across all metrics and scenarios, as acausal filters more
effectively characterize the response of the desired source.

Keywords: active noise control, spatial selectivity, causal-
ity, beamforming

1. INTRODUCTION

Active noise control (ANC) hearables create a quiet envi-
ronment by using secondary sources to generate anti-noise,
which minimizes sound at specific positions when superim-
posed on the primary noise (leakage) [1, 2]. Based on their
fit, hearables can be categorized as closed-fitting (com-
pletely occluding the ear), open-fitting (partially occluding
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Figure 1: Block diagram of an ANC system with K
outer microphones, one inner error microphone and
one loudspeaker (i.e., secondary source). The control
filter is denoted by w, the secondary path is denoted
by g, and its estimate by ĝ.

the ear), and open-ear (no occlusion, e.g., smart glasses).
Open-fitting and open-ear designs, in particular, reduce the
occlusion effect and improve the physical comfort. Recent
research focuses on designing intelligent ANC hearables
with spatial selectivity, particularly for complex acoustic
environments like cocktail-party scenarios involving multi-
ple sound sources from different directions [3–5]. In these
scenarios, listeners may wish to focus on desired sounds
from a specific direction (e.g., the front) while blocking
out undesired sounds from other directions.

Modern ANC hearables are commonly equipped with
multiple microphones, i.e., microphones on the exterior of
the hearable and error microphones in the interior close
to the eardrum. On the one hand, conventional ANC al-
gorithms suppress all leakage measured by the inner er-
ror microphones, including desired speech. On the other
hand, multi-microphone noise reduction algorithms per-
form spatial filtering by reducing all noise while preserv-
ing speech from the desired direction [6–8]. However,
these algorithms typically ignore the leakage and do not
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exploit the inner error microphones. Recent advancements
have proposed integrating spatial filtering into an ANC
system so that sounds from a desired direction are pre-
served and sounds from undesired directions are actively
suppressed [9–17]. A recent study demonstrated that, when
the speech component from an outer reference microphone
signal is desired, a small delay is required to satisfy causal-
ity. The optimal delay is the acoustic delay between the
reference microphone and the inner error microphone for
the desired source [17]. These findings were derived using
a system with causal relative impulse responses (ReIRs).
However, under more flexible design constraints, acausal
ReIRs may give a better performance.

In this paper, we present an improved approach to
spatially selective ANC (SSANC) that leverages acausal
ReIRs in the optimization process, thereby substantially
improving performance over the causal optimization ap-
proach. We analyze the signal distortion, noise reduction,
and signal-to-noise ratio (SNR) improvement of the inner
error microphone signal when the speech component of an
outer microphone signal is desired. We identify both the
optimal range of delays and the optimal degree of acausal-
ity based on these evaluation metrics. These insights guide
the design of a more effective SSANC for open-fitting
hearables.

2. SIGNAL MODEL

As shown in Fig. 1, we consider a hearable with K outer
microphones. Without loss of generality, we consider one
loudspeaker as the secondary source and one inner error
microphone, resulting in a total of K + 1 microphones.
We assume that the acoustic feedback paths between the
loudspeaker and the outer microphones are known, such
that acoustic feedback can be canceled. In addition, we
assume that an estimate of the secondary path between
the loudspeaker and the inner error microphone is avail-
able. Subscripts (·)s and (·)v denote the speech and noise
components in signals, respectively.

The inner error microphone signal e(n), with n the
discrete time index, is given by

e(n) = p(n) + (Gw)T x(n), (1)

where (·)T denotes the transpose operator. The leakage
(including noise and desired speech) at the inner error mi-
crophone is denoted by p(n), and the anti-noise component
at the inner error microphone is given by (Gw)T x(n),
where w is the stacked control filter, x(n) is the stacked

input vector, and G represents the secondary path convo-
lution matrix. The stacked control filter w is defined as

w = [wT
1 wT

2 . . . wT
K+1 ]

T ∈ R(K+1)Lw , (2a)

wk = [wk,0 wk,1 . . . wk,Lw−1]
T ∈ RLw , (2b)

where Lw denotes the control filter length for each channel.
The convolution matrix of the secondary path is defined as

G = blkdiag (G . . .G) ∈ R(K+1)L×(K+1)Lw , (3a)

G =



g0 · · · 0
...

. . .
...

gLg−1
. . . g0

...
. . .

...
0 · · · gLg−1

 ∈ RL×Lw , (3b)

where L = Lg + Lw − 1, and Lg denotes the secondary
path filter length. As input signals to the control filter
we consider the K outer microphone signals xk(n), k =
1, . . . ,K, and an estimate of the leakage p̂(n), i.e., the
stacked input vector x(n) is defined as

x(n) = [xT
1 (n) . . . x

T
K(n) p̂T (n)]T ∈ R(K+1)L, (4)

with

xk(n) = [xk(n) . . . xk(n− L+ 1)]
T
, (5a)

p̂(n) = [ p̂ (n) . . . p̂ (n− L+ 1)]
T
. (5b)

The estimated leakage p̂(n) can be computed from the
inner error microphone signal e(n), the loudspeaker signal
vector y(n) = [y(n) . . . y(n−Lg +1)]T , and an estimate
of the secondary path ĝ as

p̂(n) = e(n)− ĝT y(n). (6)

Assuming a perfect estimate of the secondary path to be
available, i.e., ĝ = g = [g0 g1 . . . gLg−1]

T , the leakage
can be written as p(n) = p̂(n) = qT x(n), with

q = [0T . . . 0T δT ]T ∈ R(K+1)L, (7a)

δ = [ 1 0 . . . 0 ]
T ∈ RL. (7b)

Hence, the inner error microphone signal in (1) can be
rewritten as

e(n) = (q+Gw)T x(n). (8)

Assuming that the speech and the noise components
are uncorrelated, then we have

es(n) = (q+Gw)T xs(n), (9a)

ev(n) = (q+Gw)T xv(n). (9b)
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3. ACAUSAL OPTIMIZATION

In the SSANC system, the objective is to minimize the
power of the inner error microphone signal while preserv-
ing the delayed desired speech component of an outer refer-
ence microphone signal. This can be achieved by imposing
the constraint

es(n) = xref,s(n−∆). (10)

For each channel, the speech component can be rep-
resented as the convolution of the speech component of
the reference microphone signal and an acausal ReIR filter,
that is,

xk,s(n) =

Lh−1∑
l=−La

hk(l)xref,s(n− l), (11)

where the ReIR has La-tap anti-causal part and Lh-tap
causal part. The stacked input vector for all the channels
can then be written as

xs(n) = HT xref,s(n), (12)

where

H = [H1 . . .HK+1] ∈ R(La+Lh+L−1)×(K+1)L, (13a)

Hk=



hk,−La · · · 0
...

. . .
...

hk,Lh−1
. . . 0

0
. . . hk,−La...
. . .

...
0 · · · hk,Lh−1


∈R(La+Lh+L−1)×L,

(13b)

xref,s(n)=[xref,s(n+ La) . . . xref,s(n−Lh−L+2)]T

∈ RLa+Lh+L−1, (13c)

and xs(n) ∈ R(K+1)L is similarly defined as (4).
We rewrite (10) as

es(n) = δT
∆xref,s(n), (14)

where

δ∆ = [0 . . . 0︸ ︷︷ ︸
La

0 . . . 0︸ ︷︷ ︸
∆

1 0 . . . 0︸ ︷︷ ︸
Lh+L−1−∆

]T ∈ RLa+Lh+L−1.

(15)
Thus, using (9a), (12) and (14), we reformulate (10) as

H(q+Gw) = δ∆. (16)

It is important to note that although the ReIRs, e.g., H
and δ∆, are modeled to be acausal, the SSANC control
filter w for generating the anti-noise is still causal.

Therefore, the optimization problem for an SSANC
system can be defined as

minimize
w

E
{
e2(n)

}
+ βwT w (17a)

subject to H(q+Gw) = δ∆, (17b)

where E{·} denotes the mathematical expectation operator.
β denotes a regularization factor. The solution is found to
be

w =

−
[
I−Φ−1

rr G
THT (HGΦ−1

rr G
THT+ρI

)−1
HG

]
Φ−1

rrϕ

+Φ−1
rr G

THT(HGΦ−1
rr G

THT+ρI
)−1

(δ∆−Hq) ,
(18)

where

Φxx = E
{
x(n)xT (n)

}
, (19a)

Φrr = GT ΦxxG+ βI, (19b)

ϕ = GT Φxxq, (19c)

and ρ denotes a small regularization factor, I denotes the
identity matrix.

It should be noted that the solution is similar to the
previous studies [15, 17]. The major difference is that
the ReIR matrix H is acausal now containing La-tap anti-
causal part of the ReIR for all channels. When La = 0, the
solution becomes causal, as in the previous approach.

4. SIMULATIONS

4.1 Setup

For the simulation, we considered a pair of open-fitting
hearables [18,19] inserted into both ears of a GRAS 45BB-
12 KEMAR Head & Torso simulator, as shown in Fig. 2(a).
We used four outer microphones (entrance microphones
and concha microphones at the left and right ears, labeled
as #1– #4), one inner error microphone (located at the right
ear, labeled as #5), and the outer receiver at the right ear
as the secondary source. The inner error microphone was
assumed to be at the eardrum.

Two acoustic scenarios were considered. In the first
scenario, as shown in Fig. 2(b), we considered a desired
speech source at 0◦ and an undesired speech source at 45◦
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Figure 2: (a) Illustration of the open-fitting hearable. (b) First acoustic scenario. A desired speech source is at
0◦, and one undesired speech source is at 45◦. (c) Second acoustic scenario. The desired speech source is at 0◦,
and five babble noise sources are at 45◦, 90◦, 135◦, 255◦ and 330◦.

(“p361 005” and “p243 018” from the VCTK dataset [20],
respectively). In the second scenario, as shown in Fig. 2(c),
the same desired speech source remained at 0◦, and five
noise sources were placed at 45◦, 90◦, 135◦, 255◦ and
330◦ (babble noise from the NOISEX-92 database [21]).
The desired speech and noise components in all micro-
phone signals were generated by convolving source sig-
nals with measured anechoic impulse responses from the
database [19]. All signals were 5 seconds in duration
and sampled at 16 kHz. The desired speech and noise
components were mixed such that the signal-to-noise ratio
(SNR) of the leakage at the inner error microphone was
set to −5 dB. In the second scenario, all noise sources con-
tributed the same energy. As the secondary path estimate
we used the measured impulse response between the outer
receiver and the inner error microphone at the right ear
(from [19]).

We set the filter lengths to Lw = 600, Lg = 280,
and Lh = 262. The acausal ReIRs were computed using
the least-mean-squares adaptive filter (after convergence)
from microphone signals simulated with white noise at
0◦, using the entrance microphone #3 as the reference
microphone. Similar to the previous studies [15, 17], we
were only interested in the frequency range above 100 Hz.
Therefore, a minimum-phase high-pass filter with a cut-
off frequency at 100 Hz was applied to the desired signal
xref,s(n−∆). The effects of delay (∆) and acausality (La)
on system performance were investigated.

4.2 Evaluation metrics

The following three metrics are used for evaluation. The
intelligibility-weighted spectral distortion is used to assess

the amount of speech distortion [9, 22, 23]. It is defined as

SDintellig (dB) =

B∑
b=1

I(ωb) 10 log10
Pϵ(ωb)

Pref,s(ωb)
, (20)

where the band importance function I(ωb) expresses the
importance of the b-th one-third octave band for intelligibil-
ity [24], and B denotes the total number of bands. Pϵ(ωb)
is the power spectral density of ϵ(n) in the b-th band, where
ϵ(n) = es(n) − xref,s(n − ∆). Pref,s(ωb) is the power
spectral density of xref,s(n−∆) in the b-th band.

The noise reduction is defined as the difference be-
tween the power of the noise component of the leakage
pv(n) (without control) and the noise component of the
inner error microphone signal ev(n) (with control), i.e.,

NR (dB) = 10 log10

N∑
n=1

p2v(n)− 10 log10

N∑
n=1

e2v(n),

(21)
where N denotes the total signal length.

The SNR improvement ( ·∆SNR) is defined as

·∆SNR (dB)=10 log10

N∑
n=1

e2s(n)

N∑
n=1

e2v(n)

− 10 log10

N∑
n=1

p2s(n)

N∑
n=1

p2v(n)

.

(22)

4.3 Performance for different delays

First, we investigate the effect of delay ∆ on performance.
The speech distortion, the noise reduction and the SNR im-
provement are shown in Fig. 3 for different delays ranging
from zero to 80 samples (5 ms) for the first scenario.
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Figure 3: Speech distortion, noise reduction, and SNR improvement for the first simulation scenario for different
delay ∆ when (a) La = 0 and La = 22, with β = λmax(GT ΦxxG)/(5×103) = λ1/(5×103), (b) La = 0 and La = 22,
with β = λ1/(2×106). In all cases, ρ = λmax(HGΦ−1

rr GT HT )/(1×105).

Four design choices are considered. When La =
0, β = λmax(G

T ΦxxG)/(5×103) = λ1/(5×103) and ρ =
λmax(HGΦ−1

rr GT HT )/(1×105) as shown in Fig. 3(a), where
λmax(·) denotes the largest eigenvalue, this design corre-
sponds to the previous causal optimization [15, 17]. It can
be observed that there is very high speech distortion, low
noise reduction and low SNR improvement for ∆ < 4.
This is due to the delays between the reference micro-
phone and the inner error microphone from the desired
source, which has a 4-sample delay. The causality con-
straint requires the delay to be at least four samples. For
4 ≤ ∆ ≤ 30, the speech distortion is about −15 dB, the
noise reduction has about 15–17 dB, and the SNR improve-
ment is about 14 dB. However, further increases in delay
result in degraded noise reduction, which in turn leads to
reduced SNR improvement. These results agree with the
previous findings.

When La = 22 with the same β and ρ as shown
in Fig. 3(a), it can be observed that the speech distortion
is reduced to a much lower level for ∆ ≥ 4, reaching
about −24 dB. However, the noise reduction and the SNR
improvement do not show significant benefits compared to
the previous results.

The main advantage of acausal optimization is its
ability to achieve better performance with a smaller β
value, i.e., when less constraint is imposed on the sec-
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Figure 4: Speech distortion, noise reduction, and
SNR improvement for the second simulation scenario
for different delay ∆ when La = 0, β = λ1/(4×103),
and when La = 22, β = λ1/(4×107). In both cases,
ρ = λmax(HGΦ−1

rr GT HT )/(2×105).

ondary source. The results are shown in Fig. 3(b) when
β = λ1/(2×106). In the causal case (La = 0), the system
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Figure 5: Speech distortion, noise reduction, and SNR improvement for the first simulation scenario for different
La values when ∆ = 32, β = λ1/(2×106) and ρ = λmax(HGΦ−1
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Figure 6: Acausal ReIRs for all five channels.

achieves a high level of noise reduction (21 dB), but at
the cost of significant speech distortion (approximately
−2 dB), resulting in an SNR improvement of just under
5 dB. In this configuration, the SSANC system fails to op-
erate as intended and instead behaves similarly to conven-
tional ANC, reducing both speech and noise components
of the leakage. In contrast, the acausal design (La = 22)
achieves much lower speech distortion (around −28 dB
for most delays), maintains a similar level of noise reduc-
tion (21 dB), and delivers an SNR improvement exceeding
17 dB for most delays. Furthermore, the acausal approach
yields consistent performance across varying delays, re-
ducing the sensitivity to delay selection and thus imposing
fewer constraints on the system compared to the causal
design, which requires careful tuning of delay parameters.

The results for the second scenario are shown in Fig. 4.
The performance reduces overall compared to the first
scenario, which is expected since the scenario is much
more challenging. However, the general trend remains
the same. The speech distortion is reduced from about
−15 dB to about −26 dB, the noise reduction increases
from approximately 6 dB to around 9.5 dB, and the SNR
improvement is increased from about 3 dB to about 6 dB.

4.4 Performance for different degrees of acausality

The results above show the performance for the causal
design (La = 0) and one acausal design (La = 22). We
now investigate the effect of different degrees of acausal-
ity, i.e., different lengths of anti-causal part La on perfor-
mance. For this analysis, we use the first scenario and
fix the delay to ∆ = 32 (2 ms), with β = λ1/(2×106) and
ρ = λmax(HGΦ−1

rr GT HT )/(1×105). The results for different
La values are shown in Fig. 5.

It can be observed that noise reduction remains con-
sistent across all La values. However, speech distortion
is high when La is small. As La increases, the speech
distortion decreases and stabilizes when La reaches ap-
proximately 12. The SNR improvement follows a similar
trend.

By examining the ReIRs for all five channels, as de-
picted in Fig. 6, it can be observed that the amplitude of the
impulse responses also stabilizes around La = 12. Thus,
using acausal filters to model the response from the de-
sired source enables the SSANC system to achieve better
performance than that of a purely causal design.

5. CONCLUSION

This paper has presented an improved approach to spatially
selective active noise control that incorporates acausal rela-
tive impulse responses into the optimization process, lead-
ing to a substantial performance improvement over the
causal optimization approach. Using a pair of open-fitting
hearables in two acoustic scenarios, we demonstrated that
the speech distortion under acausal optimization remains
consistently lower than that of the causal optimization. Fur-
thermore, both noise reduction and SNR improvement are
significantly higher with acausal optimization. This indi-
cates that acausal relative impulse responses offer a more
accurate representation of the desired source, leading to
improved noise control performance.
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