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ABSTRACT

In this paper we evaluate the performance of a real-time hearing device prototype that aims at achieving acoustically
transparent sound presentation. Acoustic transparency refers to the perceptual equivalence of the sound at the
aided ear drum, i.e., with the hearing device inserted and processing on, and the open ear drum, i.e., without the
hearing device inserted. The considered hearing device combines a custom earpiece with multiple microphones
and signal processing algorithms for robust feedback suppression and sound pressure equalization. We evaluate the
perceived overall sound quality of this prototype using dummy head recordings in different acoustic conditions
using a multi-stimulus with hidden reference and anchor-like framework with N = 15 normal-hearing subjects.
Results show that the overall sound quality can be significantly improved for all conditions by using sound pressure
equalization, where the processing delay of the device is a crucial limiting factor of the sound quality.

1 Introduction

In the past decades, major improvements have been
made in the area of assistive listening devices like hear-
ing aids and consumer headsets. Nevertheless, the ac-
ceptance of these devices remains rather limited, with
limited sound quality identified as one of the major rea-
sons [1, 2], especially for normal-hearing and mild-to-
moderately hearing-impaired subjects. While these peo-
ple would benefit from advanced signal processing in
hearing devices [3], e.g., beamforming, dynamic range
compression, and dereverberation, they are usually not
willing to accept a reduced sound quality [1]. There-
fore, recently the concept of acoustic transparency has
become increasingly popular, which aims at creating
the acoustic impression of open ear listening while the

device is used [4, 5, 6, 7, 8].

Acoustic transparency is achieved when the sound at
the aided ear drum, i.e., with the device inserted and
processing on, and the open ear drum, i.e., without the
device inserted, is perceptually equivalent. Typically,
an equalization filter is used to modify the signal picked
up by the hearing device such that in superposition with
the sound leaking into the (partially) occluded ear canal
the desired acoustic characteristics of the open ear are
obtained [4, 8]. However, since the output of the hear-
ing device is typically delayed, this superposition may
cause comb-filtering effects, possibly degrading the per-
ceived sound quality [9]. For vented hearing devices, it
is especially important to take into account the sound
leaking into the ear canal [8]. A larger vent typically
increases the risk of acoustic feedback and may also
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reduce the effectiveness of noise reduction algorithms
[10, 11, 12]. Hence, for an acoustically transparent
hearing device with a larger venting, acoustic feed-
back suppression is an important component. Since
algorithms for equalization and feedback suppression
are typically designed independently, combining these
algorithms may cause undesired interactions.

The purpose of this paper is twofold. First, we present
a prototype real-time acoustically transparent earpiece
with integrated single-loudspeaker equalization [13]
and multi-microphone acoustic feedback suppression
based on an fixed null-steering beamformer [14]. Sec-
ond, we perform a subjective sound quality evalua-
tion using dummy head recordings and a multi stimu-
lus with hidden reference and anchor (MUSHRA)-like
framework [15, 16] with N = 15 normal-hearing sub-
jects. We address the following research questions: 1)
which equalization algorithm yields the highest percep-
tual quality compared to the open ear; 2) how is the
performance of both the fixed null-steering beamformer
and the equalization algorithm affected by different in-
coming signal directions and reverberation times; 3)
how valid is the equalization target used in the equal-
ization filter design; 4) do interactions of the feedback
suppression algorithm and the equalization algorithm
yield a reduced sound quality.

2 Methods

In Section 2.1 we first present an overview of the con-
sidered acoustic hearing device system. We then briefly
review the computation of the null-steering beamformer
for feedback suppression in Section 2.2 and the equal-
ization for acoustic transparency in Section 2.3. We
describe their real-time implementation in Section 2.4.
Finally, we describe the experimental setup for the sub-
jective quality evaluation in Section 2.5.

2.1 Hearing Device System Overview

Consider the hearing device system with one loud-
speaker and M microphones depicted in Figure 1. This
block scheme shows the hearing device processing and
all acoustic transfer functions between the source and
the eardrum. We assume that all acoustic transfer func-
tions are linear and time-invariant and can be modelled
as polynomials in the delay operator q [17].

loudspeaker

A(q)

G(q)

W(q)

microphones

V(q)

H(q)

Hleak(q)

D(q)
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f1[k] fM [k]. . .

Fig. 1: Single-loudspeaker multi-microphone hearing
device system.

The signal ym[k] in the mth microphone, m = 1, . . . ,M,
at discrete time k, consists of the incoming signal com-
ponent xm[k] and the feedback component fm[k], i.e.,

ym[k] = xm[k]+Vm(q)u[k]︸ ︷︷ ︸
fm[k]

, (1)

where Vm(q) denotes the acoustic feedback path be-
tween the loudspeaker and the mth microphone and
u[k] denotes the loudspeaker signal. Furthermore, we
assume a single directional incoming signal, i.e.,

xm[k] = Hm(q)s[k], (2)

where Hm(q) denotes the acoustic transfer function
between the source s[k] and the mth microphone. For
convenience we rewrite the microphone signals using
vector notation, i.e.,

y[k] = H(q)s[k]+V(q)u[k]︸ ︷︷ ︸
f[k]

, (3)

where

y[k] =
[
y1[k] . . . yM[k]

]T
, (4)

H(q) =
[
H1(q) . . . HM(q)

]T
, (5)

and f[k] and H(q) are defined similarly as y[k] and
H(q), respectively. The microphone signals are then
combined by applying a filter-and-sum beamformer
W(q), i.e.,

e[k] = WT (q)y[k]. (6)
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Although this beamformer is often designed to reduce
ambient noise [3], in this paper we will only use the
beamformer W(q) to reduce the feedback component
f[k] in the beamformer output while preserving the
incoming signal (cf. Section 2.2). The transfer function
from the source to the output of the beamformer is
defined as:

Hdev(q) = WT (q)H(q). (7)

The beamformer output signal is then processed by the
forward path of the hearing device G(q), yielding

ũ[k] = G(q)e[k]. (8)

Aiming to achieve acoustic transparency, an equaliza-
tion filter A(q) is applied to this signal yielding the
loudspeaker signal

u[k] = A(q)ũ[k]. (9)

The signal at the aided eardrum, i.e., with the hear-
ing device inserted and processing the signal, is then
defined as

taid [k] = D(q)u[k]+Hleak(q)s[k]︸ ︷︷ ︸
tocc[k]

, (10)

where D(q) denotes the acoustic transfer function be-
tween the hearing device loudspeaker and the eardrum,
Hleak(q) denotes the acoustic transfer function between
the source and the occluded eardrum, e.g., due to leak-
age through the vent, and tocc[k] denotes the signal
at the occluded eardrum. The desired signal at the
eardrum is defined as

tdes[k] = G(q)Hopen(q)s[k], (11)

where Hopen(q) denotes the acoustic transfer function
between the source and the open eardrum. The goal
of an equalization algorithm is then to design the filter
A(q) such that taid [k] is as close as possible to tdes[k]
(cf. Section 2.3).

2.2 Acoustic Feedback Suppression Algorithm
[14]

In order to suppress the acoustic feedback component
in the microphones, we use a time-invariant beam-
former that steers a null towards the location of the
loudspeaker and aims at preserving the incoming sig-
nal for a specific direction [14]. In particular, this

null-steering beamformer (NS-BF) aims to achieve the
following two conditions simultaneously

WT (q)V(q) = 0, (12)

WT (q)H(q) = Hre f (q). (13)

While the first condition achieves acoustic feedback
suppression, the second condition preserves the incom-
ing signal in a reference microphone in the output of the
null-steering beamformer. To compute the null-steering
beamformer, we will use the robust least-squares-based
design procedure proposed in [14]. This procedure re-
quires multiple sets of measurements of the acoustic
feedback paths V(q) as well as a measurement of the
acoustic transfer functions H(q) for a desired incoming
direction.

2.3 Sound Pressure Equalization Algorithm [13]

Aiming at achieving acoustic transparency, in [8, 16] an
iterative algorithm was used. In this paper we will use
the least-squares-based (LS) equalization filter design
procedure proposed in [13]. In order for the signal
at the aided eardrum taid [k] in (10) to be equal to the
desired signal at the open eardrum tdes[k] in (11), the
equalization filter A(q) needs to satisfy, using (7) - (9),

A(q)D(q)G(q)Hdev(q)+Hleak(q)︸ ︷︷ ︸
aided transfer function

= G(q)Hopen(q).

(14)

To compute the equalization filter, measurements or
estimates of the transfer functions Hopen(q) from the
source to the open ear, Hleak(q) from the source to
the occluded ear, Hdev(q) from the source to the micro-
phone(s) and D(q) from the loudspeaker to the eardrum
are required.

We will exploit different possibilities for the transfer
function Hdev(q). To achieve perfect equalization for
the considered setup in Figure 1, it should be chosen
as Hdev(q) = WT (q)H(q). However, when the beam-
former is not known a-priori, Hdev(q) could be chosen
to be the acoustic transfer function between the sound
source and a reference microphone of the hearing de-
vice, i.e., Hdev(q) = Hre f (q).

2.4 Real-time Implementation

Both the fixed null-steering beamformer for feedback
suppression as well as the equalization filter for acous-
tic transparency were implemented on the master hear-
ing aid (MHA) [18], which is a software platform for
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concha

vent

Fig. 2: Custom earpiece used in the hearing device pro-
totype [8]. The microphone in the concha and
in the outer side of the vent are indicate. Both
loudspeakers are inside the vent, as well as an
additional microphone at the inner side of the
vent.

real-time signal processing. The MHA was run on an
Intel NUC personal computer using an RME Fireface
UCX soundcard with a sampling rate of 32 kHz. As
earpieces, two custom vented prototypes as described
in [8] were used that were inserted in the ear of a
dummy head (see Figure 2). The custom earpieces
consist of two loudspeakers located in the vent (diame-
ter 4.5 mm, effective diameter due to the transducers
≈1.5 mm) and three microphones, one located at the
inner side of the vent in the ear canal, one at the outer
side of the vent and one in the concha. Although the
earpieces has two loudspeakers, in this study we only
use the loudspeaker located at the inner side of the
vent. The processing delay of this setup was approxi-
mately 6.5 ms, which is in the range of tolerable delays
for open fittings [9]. Furthermore, as forward path of
the hearing device, a broadband gain G(q) = 1 was
applied.

In the following we will describe the measurements
used for the computation of both the null-steering beam-
former W(q) and the equalization filter A(q). Note that
all required acoustic transfer functions could be mea-
sured a-priori, e.g., on a dummy head in an anechoic
chamber. However, when fitted to human subjects,
some of these measurements should be individualized,
while others are expected to be less sensitive to indi-
vidual variations or difficult to measure. Therefore,
for some of the acoustic transfer functions we will use
estimates, whose influence on the performance will be
investigated.

In order to compute the robust null-steering beam-
former (cf. Section 2.2), in this study we used two
sets of acoustic feedback paths V(q) per ear of the
dummy head, which were measured using sine sweeps
[19]. The first set was measured without any objects in
the close vicinity of the dummy head and the second
set was measured with hands covering the ears. Fur-
thermore, we used a set of acoustic transfer functions
H(q) measured a-priori in an anechoic chamber for a
source in front of the dummy head (0◦).

Figure 3 shows the directional responses of the left ear
for the null-steering beamformer and for the reference
microphone at the outer side of the vent, which the null-
steering beamformer aims to preserve. In general, the
frontal direction is preserved for all frequencies. For
different directions the directional responses are very
similar for frequencies up to 2000 Hz, while small dif-
ferences can be observed for higher frequencies. Never-
theless, these results show that the null-steering beam-
former does not alter the directional responses of the
reference microphone to a large extent.

In order to design the equalization filter (cf. Section
2.3), in this study we performed measurements of the re-
quired acoustic transfer functions D(q), Hleak(q), and
Hdev(q) using sine sweeps [19]. While for D(q) the
sine sweeps were played back from the device, in order
to measure Hleak(q) and Hdev(q) we used Sennheiser
HD650 headphones that were put onto the dummy head
with the hearing device inserted. Note that a measure-
ment of D(q) in human subjects is difficult and estima-
tion procedures could be used, e.g., based on an electro-
acoustic models [20]. However, using electro-acoustic
models is beyond the scope of this paper. Further-
more, since the open ear transfer function Hopen(q) is
not available with additional measurement equipment
and effort in individual subjects, we used the average
diffuse-field equalization function obtained from sev-
eral subjects from [13] to estimate the open-ear transfer
function Hopen(q) from the acoustic transfer function
between the headphones and the concha microphone.
Note that the effect of using this estimate will be inves-
tigated in the experimental evaluation. For a discussion
on the effect of using headphones to measure the re-
quired transfer functions, the reader is referred to [8].

Figure 4 shows the aided transfer function of the left
hearing device system with feedback suppression and
sound pressure equalization when using headphones.
As can be observed, the aided transfer function and
the estimated open-ear transfer function match well
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Fig. 3: Directional responses of the left ear for the null-steering beamformer and for the reference microphone for
several frequencies.
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function of the combined system using a null-
steering beamformer and the equalization filter
in the real-time prototype using headphones.

across the whole frequency range indicating a success-
ful computation of the equalization filter. Nevertheless,
comb-filtering effects due to the processing delay are
clearly visible that may affect the perceived quality.
Note that the comb-filtering effects mainly occur in the
frequency range where the leakage component and the
output of the hearing device have a similar level.

2.5 Subjective Quality Evaluation

To evaluate the presented acoustically transparent hear-
ing device system, we conducted a formal listening

test with N = 15 self-reported normal-hearing sub-
jects (none of the authors participated). The task of
the subjects was to rate the overall quality of the pro-
cessed stimuli compared to the open ear reference in a
MUSHRA-like framework using a drag-and-drop inter-
face [15]. Note that in contrast to [16], in the present
study the reference was explicitly presented to the sub-
jects. Two subjects had to be excluded from the data
analysis since they were not able to reliably identify the
hidden reference, resulting in a total of 13 subjects (age
28.2±4.0 years). Stimuli were pre-recorded at a sam-
pling rate of 48 kHz using a GRAS 45BB-12 KEMAR
Head & Torso with low-noise ear simulators with the
hearing device prototype inserted. The dummy head
was placed in a lab with variable acoustics (cf. Figure
5), where the reverberation time can be varied using
absorber panels mounted at the walls and the ceiling.
The recordings were played back to the subjects using
MATLAB through an RME ADI-2 Pro FS headphone
amplifier and Sennheiser HD650 headphones, which
were equalized for a flat magnitude response at the
average eardrum.

The goal of the listening test was to assess the impact
of different equalization filters and the estimate of the
open ear transfer function, the impact of the processing
delay of the real-time implementation, as well as poten-
tial interactions of the beamformer and the equalization
filter. Therefore, the following 8 processing conditions
were judged by the subjects (cf. also Table 1), where
processing conditions B and C were simulated (without
processing delay) and conditions D–G used real-time
processing (including a processing delay):
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Table 1: Processing conditions used in the experimental evaluation.

Cond. Feedback
Suppression

Equalization Al-
gorithm

Hdev(q) Sound Recording Processing De-
lay

A open ear n/a tdes[k] none
B none DF eq. [21] Hre f (q) simulated none
C NS-BF [14] DF eq. [21] Hre f (q) e[k] none
D NS-BF [14] Iterative [8] WT (q)H(q) taid [k] 6.5 ms
E NS-BF [14] LS [13] WT (q)H(q) taid [k] 6.5 ms
F NS-BF [14] LS [13] Hre f (q) taid [k] 6.5 ms
G NS-BF [14] none n/a taid [k] 6.5 ms
H occluded ear n/a tocc[k] none

Fig. 5: Dummy head with inserted hearing device pro-
totypes in a lab with variable acoustics. The
green absorbing panels can be flipped to make
them highly reflective.

A The open ear reference condition, i.e., without the
hearing device inserted to the ear.

B A fully simulated system that uses the measured
acoustic transfer functions from the source to the
vent microphone Hre f (q) and artificially maps it
to the open ear using a diffuse field equalization
function presented in [21].

C A partly simulated system that uses the output
e[k] of the null-steering beamformer for feedback
suppression and artificially maps it to the open
ear using a diffuse field equalization function pre-
sented in [21].

D Using the null-steering beamformer for feedback
suppression algorithm and the iterative equaliza-
tion filter design presented in [8]. Note that the
iterative equalization filter design implicitly ex-
ploits knowledge about the null-steering beam-
former.

E Using the null-steering beamformer for feedback
suppression and the LS equalization filter de-
sign presented in Section 2.3 computed using
Hdev(q) = WT (q)H(q).

F Using the null-steering beamformer for feedback
suppression presented in Section 2.2 and the LS
equalization filter design presented in Section 2.3
computed using Hdev(q) = Hre f (q).

G Using only the null-steering beamformer for feed-
back suppression and no equalization filter, i.e.,
A(q)= 1, where the gain of the hearing device was
changed compared to conditions D–F to achieve
the same broadband level for the aided ear as for
the open ear.

H The occluded ear, i.e., with the hearing device pro-
totypes inserted but without processing, providing
a low-quality anchor signal.

Using these conditions allows to assess the effect of the
diffuse field equalization [21] and possible directional
distortions [22] (comparing A and B), the effect of
sensor noise (comparing B and C), the effect of the
processing delay (comparing C and D, E, and F), and
the effect of using equalization (comparing D, E, and F
and G). Furthermore, potential interactions of the null-
steering beamformer and the equalization filter can be
assess (comparing E and F).

The stimuli and acoustic conditions used in the subjec-
tive evaluation are shown in Table 2. As stimuli we used
two speech signals (male and female) taken from [23]
and two music signals (an excerpt from a jazz song 1

and an excerpt from a classical piano recording 2). The
stimuli were played back from three different directions
(0◦, 90◦, 225◦) using Genelec 8030 loudspeaker for

1J. Redman: Timeless tales for changing times, 1. Summertime
2K. Jarret: Bach, Wohltemperiertes Klavier, Book 1, prelude no. 3
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Table 2: Overview on acoustic conditions and signals.

Reverberation Signal Direction Signals

low
T60 ≈ 0.35 s

0◦
piano
jazz

female speech
male speech

90◦
piano
jazz

female speech
male speech

225◦
piano
jazz

female speech
male speech

mid
T60 ≈ 0.45 s

0◦ jazz
female speech

225◦ jazz
female speech

high
T60 ≈ 1.4 s

0◦ jazz
female speech

225◦ jazz
female speech

three different reverberation times: low (T60 ≈ 0.35 s),
mid (T60 ≈ 0.45 s), and high (T60 ≈ 1.4 s). The loud-
speaker were placed at distance of ≈ 2 m from the
dummy head and adjusted in height to be at ear level
with the dummy head (approximately 1.6 m). Note
that the use of our lab with variable acoustics allowed
us to change the reverberation time without changing
the physical setup of the loudspeakers and the dummy
head.

3 Results

Figure 6 shows the quality ratings (QRs) of the lis-
tening test. Individual panels show the results for the
different acoustic conditions of Table 2. First, con-
sider the condition with a frontal source (0◦) and low
reverberation in the top left panel. As can be ob-
served, most subjects were able to identify the hid-
den reference (processing condition A) and rated the
occluded ear with the lowest scores (processing con-
dition H). Furthermore, all signals (piano, jazz, fe-
male speech, male speech) were rated similarly for
all processing conditions, where generally the piano
signal was rated slightly better. Comparing the differ-
ent processed signals, the fully simulated processing
condition B yields the highest QRs that are similar
to the open ear, while artificially mapping the output
of the null-steering beamformer to the eardrum (pro-
cessing condition C) yields only a slightly lower QR.
Comparing the three real-time processing conditions

that include an equalization filter (D–F), it can be ob-
served that all three processing conditions yield similar
quality compared to the open ear, with ratings in the
range of medium and good QRs. When using no equal-
ization filter (processing condition G), the quality is
rated slightly higher compared to the occluded ear (pro-
cessing condition H). Statistical analyses of the results
were conducted using a three-factor analysis of vari-
ance (ANOVA) for each of the signal directions with
processing condition, reverberation time, and signal
as factors using Huynh-Feldt correction for spheric-
ity correction. For the frontal incoming direction the
ANOVA showed a significant effect of all three main
factors (Proc. condition: F(2.8,34.2) = 151.9, p <
0.001; Reverb: F(0.8,9.8) = 286.1, p < 0.001; Signal:
F(1.2,14.7) = 335.6, p < 0.001) as well as their inter-
actions (Proc. condition×Reverb: F(5.7,68.4) = 28.1,
p < 0.001; Proc. condition×Signal F(8.5,102.6) =
46.2, p < 0.001; Reverb×Signal F(2.4,29.3) =
219.5, p < 0.001; Proc. condition×Reverb×Signal:
F(17.1,205.1) = 114.7, p < 0.001). For the 90◦ direc-
tion the ANOVA showed a significant effect of both
main factors (Proc. condition: F(4.1,49.5) = 142.2,
p < 0.001; Signal: F(1.8,21.2) = 4.9, p < 0.01)
as well as their interaction (Proc. condition×Signal
F(12.4,148.6) = 2.3, p < 0.01). For the 225◦

incoming direction the ANOVA showed a signifi-
cant effect of all three main factors (Proc. con-
dition: F(2.7,32.4) = 156.7, p < 0.001; Re-
verb: F(0.8,9.2) = 461.4, p < 0.001; Signal:
F(1.2,13.9) = 283.5, p < 0.001) as well as their inter-
actions (Proc. condition×Reverb: F(5.4,64.7) = 29.9,
p < 0.001; Proc. condition×Signal F(8.1,97.1) =
51.0, p < 0.001; Reverb×Signal F(2.3,27.7) =
178.1, p < 0.001; Proc. condition×Reverb×Signal:
F(16.2,194.1) = 132.3, p < 0.001). Post-hoc analysis
of the three main factors using Bonferroni correction
showed for all three signal directions that QRs in low
reverberation were significantly higher than in both
mid and high reverberation. Furthermore, QRs for the
piano signal were significantly higher than for all other
signals for the 0◦ and 225◦ directions, while for the 90◦

direction the quality of the jazz signal was rated signifi-
cantly lower compared to the female speech signal. For
all signal directions, QRs were significantly different
for all processing conditions, except when comparing
processing conditions D, E, and F as well as comparing
the processing conditions G and H. Additionally, for
the signal directions of 0◦ and 225◦, QRs of processing
conditions B and C were not significantly different.
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and signals.

In order to easier visualize the differences between the
processing conditions, Figure 7 shows the distribution
of the median ratings per subject across all acoustic con-
ditions and signals. Similar trends as in Figure 6 are
observed, where a small improvement of the equaliza-
tion algorithm proposed in [13] (processing condition
E) compared to the equalization algorithm proposed in
[8] (processing condition D) is observed.

4 Discussion

From the median QRs in Figure 7 it can be observed
that, on the one hand, all subjects were able to reliably
identify the open ear reference (processing condition
A). On the other hand, the occluded ear (processing
condition H) was rated worst showing the necessity for
sound processing. In the following we will first discuss
the results for the real-time processing conditions (D–
G). We will then present arguments for the observed
significant differences between these processing condi-
tions and the open ear reference condition based on the
simulated processing conditions (B, C).

As revealed by the statiscally similar ratings for process-
ing conditions G and H only suppressing the feedback
using the null-steering beamformer does not yield a
significant improvement compared to the occluded ear.
This supports the need for additional processing, i.e.,
equalization, of the played back signal to achieve a
sound quality that is comparable to the open ear, i.e.
to achieve acoustically transparent sound presentation.
When using an additional equalization filter, a signif-
icant improvement in sound quality can be achieved
for all considered equalization filters (processing condi-
tions D–F). While there is no significant difference be-
tween the different equalization filters, the equalization
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filter design procedure presented in [13] (processing
conditions E and F) is much faster to compute than the
iterative procedure presented in [8] (processing condi-
tion D). Furthermore, incorporating a-priori knowledge
about the null-steering beamformer did not yield an
improvement in sound-quality (processing condition
C vs D). However, it should be noted that the null-
steering beamformer aims at preserving the signal of
the reference microphone in its output and thus no large
differences were expected.
Even though the proposed hearing device system (pro-
cessing conditions E–F) achieves a significant improve-
ment in sound quality compared to the occluded ear
(processing condition H), the sound quality was still
rated lower compared to the open ear (processing condi-
tion A). Potential reasons are comb-filtering effects as
well as sensor noise. As can be observed by comparing
processing conditions A and B, using a precomputed
estimate of the open ear transfer function based on the
diffuse field equalization [21] is able to achieve almost
the same (excellent) quality compared to the open ear.
While sensor noise does degrade the quality slightly
(processing conditions B vs C), the quality is still per-
ceived as excellent. Comparing processing conditions
D–F and G reveals that the processing delay of the real-
time system is by far the most important factor that
degrades the sound quality. This indicates that when
acoustic transparency is desired, the processing delay
should be as small as possible to counteract undesired
comb-filtering effects. This is especially important in
scenarios were the levels of the leakage component and
the played back sound are similar, as was the case in the
present study where the gain of the hearing device was
G(q) = 1 (cf. Section 2.4). If the gain of the hearing
device is larger, comb-filtering effects are expected to
be smaller.
Comparing the different acoustic conditions (reverber-
ation times and signal direction), no large differences
can be observed. This indicates that the directional
response of the null-steering beamformer (cf. Figure
3) does not largely impact the results. Even though
a significant effect of reverberation time was found,
the small interaction effect between processing condi-
tion and reverberation time indicates that evaluating
a limited number of (or even a single) reverberation
times is presumably sufficient to investigate difference
between hearing devices for acoustically transparent
sound presentation.
A similar evaluation was conducted in [16], where
equalization using the iterative procedure described in

[8] was combined with additional signal enhancement
algorithms. In contrast to the present study, however,
in [16] the subjects were not provided with an explicit
open ear reference and signals were bandlimited to
a frequency range of 8 kHz. Results in [16] showed
that the quality of transparent sound presentation and
the open ear canal were considered similar. Thus it is
expected that if subjects were not provided with an ex-
plicit reference in the present study, smaller differences
between the ratings of the open ear and the presented
acoustically transparent hearing device could have been
achieved.

5 Summary

In this paper we presented an evaluation of a real-time
prototype for acoustically transparent sound presenta-
tion. The prototype combines a custom earpiece with
multiple integrated microphones with a null-steering
beamformer for acoustic feedback suppression and an
equalization algorithm taking into account the sound
leaking into the ear canal. The results of a formal lis-
tening test show that the median QRs of the proposed
approach for acoustic transparency are significantly
better than the occluded ear (i.e., no processing) and
not using sound pressure equalization. Nevertheless,
the processing delay of 6.5 ms causing comb-filtering
effects, is the main limiting factor for sound quality.

In future work, we aim to investigate the requirements
on the processing delay in assistive listening devices
with acoustic transparency features as well as using a
model-based approach to estimate the sound pressure
at the ear drum [20].
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