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Abstract – The phase inversion method, a technical measurement procedure, is often used to evaluate the
performance of noise reduction algorithms in hearing aids. However, a detailed comparison of these technical
measurements with the perceived loudness is missing. Therefore, commercially available hearing aids of six
different manufacturers were evaluated technically and in a study with 18 normal-hearing listeners. First,
the output signals of the hearing aids with and without activated noise reduction were recorded in a test
box. Then, the test subjects evaluated the perceived loudness of these recordings within multiple two alternative forced choice (2-AFC) tasks. During one task, the test subjects had to focus either on the speech or noise
signal and were asked to select the louder of two signals, which both contained a mixture of speech and noise.
These results provide not only the perceived SNR but also the perceived speech and noise levels. Comparing the
results of the 2-AFC tasks and the phase inversion method basically shows good agreement. Nevertheless, a
simple computation of the sound pressure level can lead to signiﬁcant deviations. Therefore, another possibility
for the analysis of the results of the phase inversion method to better match the perceived loudness is presented.
Keywords: Hearing aid evaluation, Single-channel noise reduction, Perceived loudness, Phase inversion
method

1 Introduction
Modern digital hearing aids provide a complex signal
processing with several features, e.g., multi-channel wide
dynamic range compression (WDRC), feedback reduction,
directional microphones, and noise reduction [1–3]. Since
many of these terms are commonly used without any unique
deﬁnition, the standardization project IEC 60118-16 ED1
“Electroacoustics – Hearing aids – Part 16: Deﬁnition and
veriﬁcation of hearing aid features” has been started by
the International Electrotechnical Commission (IEC) [4].
Here, a noise reduction (NR) is deﬁned as “feature of the signal processing of a hearing aid intended to reduce noise with
respect to the absolute level or relative to the level of a target
signal”. In addition, a noise reduction for speech enhancement (NRSE) is deﬁned as “feature of the signal processing
of a hearing aid intended to increase the signal-to-noise ratio
even if speech and noise are presented simultaneously from
the same direction and have the same long-term average
spectrum”. In literature, this type of noise reduction is
also denoted as single-microphone or single-channel noise
reduction, since only one microphone input signal is required
*Corresponding author: h.husstedt@dhi-online.de

[3]. For devices on the market, it is often not obvious how
this feature is exactly realized [5], but commonly Wiener
ﬁlters or spectral subtraction are used for the realization of
a NRSE in hearing aids [1–3, 6].
Various studies with test subjects or technical measurements for the evaluation of a NRSE can be found in literature [7] which show that a NRSE mostly does not increase
speech intelligibility (e.g., [8–12]) but can reduce listening
effort. To determine the impact on listening effort, various
approaches have been reported, e.g., measuring pupil
dilation [13, 14], electroencephalography (EEG) [15, 16],
electrodermal activity [17], response time [18, 19], using a
dual task paradigm [20–24], or asking for subjective ratings,
e.g., using the acceptable noise level (ANL) [25, 26], questionnaires [27], or adaptive scaling procedures [28]. For the
technical evaluation of a NRSE in hearing aids, the prevalent procedure is the phase inversion method [29], whereas
other procedures have also been reported, e.g., computing
the modulation transfer function [30], using the percentile
analysis [31], or performing a signal separation in the
frequency domain [32].
One main advantage of the phase inversion method is
that it enables the separation of speech and noise at the
output of the hearing aid. Consequently, the individual
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levels of the processed speech and noise signals and thus the
resulting SNR can be analyzed, e.g., as an average value or
over frequency and time. Moreover, an extension of the
phase inversion method can be used to analyze complex
acoustic environments with multiple signals from different
directions [33]. Thus, the phase inversion method is a
powerful objective tool to evaluate noise reduction algorithms in hearing aids. Furthermore, it does not depend
on test subjects, which greatly reduces effort, expenses,
and increases repeatability. For an audiological interpretation, it is important that the results of this technical procedure reﬂect the experiences of human test subjects. Some
studies reported that the changes in SNR as calculated with
the phase inversion method were related to changes in
acceptable noise level (ANL) [25, 26]. However, it is not
clear if the output of the phase inversion method, the individual sound pressure levels of speech and noise, reﬂect the
loudness perception of the individual signals in the mixture
of speech and noise. Thus, a detailed comparison between
the results of the phase inversion method and the perception of human test subjects is missing. For a direct comparison, experiments with human test subjects should yield
comparable results to those gathered with the phase inversion method, i.e., the SNR as well as the individual speech
and noise levels. Therefore, previous approaches such as
assessing ANLs [34] are not applicable to reach the goals
of this study where we want to (i) design an experiment
with human test subjects which provides the SNR as well
as the levels of speech and noise at equal perceived loudness
within the mix; (ii) evaluate the NRSE of commercially
available hearing aids of different manufactures with the
phase inversion method and within the experiment with
human test subjects; (iii) compare both results to each
other; (iv) provide explanations and possible corrections if
differences between both results will be observed.
For the ﬁrst goal, our approach was using multiple two
alternative forced choice (2-AFC) tasks with loudness comparisons where the level of speech and noise in a mixture
were evaluated separately within multiple rounds. During
the trials of one round, the test subjects had to focus either
on the speech or noise signal and were asked to select the
louder of two signals, which both contained a mixture of
speech and noise. As reference for the comparison, individually recorded signals for each manufacturer with deactivated NRSE were used so that systematic errors, e.g., due
to different transfer characteristics across the hearing aids,
were compensated. Thus, the 2-AFC tasks of this work
provide sound pressure levels of equal loudness individually
for speech and noise by comparing recordings with activated and deactivated NRSE. For the second goal, we have
evaluated the SNR improvement through the NRSE
processing of commercially available hearing aids of six
manufacturers with the phase inversion method, and
compared these results with data from the 2-AFC tasks of
18 normal-hearing test subjects.
The individual evaluation of speech, noise, and SNR
gives insights into the relation between the results of the
phase inversion method and the perceived loudness of
human test subjects and let us achieve our remaining goals.

The rest of the paper is organized as follows. After the
introduction, the evaluation with the phase inversion
method is presented including the test signals, measurement
equipment, hearing aid models and settings, and the measurement results. Then, the 2-AFC loudness comparisons
are explained including the test setup, test procedures,
study design, and the measurement results. Finally, both
results are discussed and compared with each other, and a
conclusion is drawn.

2 Phase inversion method
2.1 Materials and methods
2.1.1 Test signals
As input signals, the international speech test signal
(ISTS) [35] was presented together with the international
female noise (IFnoise) [36]. Both speech and noise have
the same long term average spectrum so that a linear frequency shaping does not affect the broadband SNR. The
sound pressure levels of the speech signal (s(t)) was varied
between 60 dB SPL and 75 dB SPL in steps of 2.5 dB,
and the level of the noise signal n(t) was chosen to cover
an input SNR between 5 dB and 10 dB in steps of
2.5 dB. For each speech level and SNR, three mixed measurement signals:
x1 ðtÞ ¼ sðtÞ þ nðtÞ;

ð1Þ

x2 ðtÞ ¼ sðtÞ  nðtÞ;

ð2Þ

x3 ðtÞ ¼ sðtÞ  nðtÞ;

ð3Þ

each with a length of 60 s were created as suggested in the
draft of the IEC 60118-16 ED1 [4]. After the processing of
the hearing aid, the output signals y1(t), y2(t), and y3(t)
were recorded, and the processed speech signal s0 (t), the
processed noise signal n0 (t), and a veriﬁcation signal v0 (t)
were computed as,
s0 ðtÞ ¼ 0:5ðy 1 ðtÞ þ y 2 ðtÞÞ;

ð4Þ

n0 ðtÞ ¼ 0:5ðy 1 ðtÞ  y 2 ðtÞÞ;

ð5Þ

v0 ðtÞ ¼ y 1 ðtÞ þ y 3 ðtÞ :

ð6Þ

The veriﬁcation signal was used to check if the basic technical assumptions for the application of the phase inversion
method were valid, but it does not provide any audiological
veriﬁcation of the phase inversion method. To neglect
transient effects, the intervals between 30 s and 60 s of
s0 (t), n0 (t), and v0 (t) were considered only.
2.1.2 Measurement equipment
All technical measurements were performed in an
anechoic test box of type 4232 made by Brüel & Kjaer
(Denmark). In a frequency range of 100 Hz to 10 kHz, the
input sound pressure level was calibrated and equalized
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within a tolerance of ±2 dB. Moreover, the actual sound
pressure was monitored with a reference microphone beside
the sound inlets of the hearing aids, and the output signals
were recorded with a 2 ccm coupler according to IEC
60318-5 [37] and an RME Fireface UC sound card. As reference microphone and for the 2 ccm coupler, two pressureﬁeld microphones of type 4192 made by Brüel & Kjaer were
used. The automation of the measurement and the data
analysis were realized with a computer and Matlab R2018b.
2.1.3 Hearing aid models and settings
Commercially available behind-the-ear (BTE) hearing
aids released between 2017 and 2019 of the six largest
hearing aid manufacturers were considered (HA1–HA6).
The programming of the devices should be similar to the
reference test setting (RTS) as deﬁned in IEC 60118-0
[38]. This means that all non-linear features are disabled
and a linear gain is applied so that the output sound pressure level averaged at 1000 Hz, 1600 Hz, and 2500 Hz is
17 dB lower than the maximum output sound pressure level
of the device averaged at the same frequencies. Most
manufacturers provide a predeﬁned setting for RTS, but
in this predeﬁned conﬁguration no changes can be made
as activating the NRSE. Therefore, we manually tried to
program RTS to the devices. Nevertheless, differences to
the predeﬁned RTS provided by the manufacturer may
occur, because not all features were accessible in the ﬁtting
software and could be disabled. Moreover, a linear gain of
10 dB below RTS was chosen to be sure that all hearing
aids provide a linear gain for all input signals without reaching the output limit of the receiver. Since HA3 showed a
strong nonlinear processing for higher speech levels, the
gain of this device was reduced about 20 dB relative to
RTS. In the following, “NRSE OFF” corresponds to the
linear settings explained, and “NRSE ON” means that additionally the noise reduction for speech enhancement was
activated at maximum level. For some hearing aids, there
were multiple settings for the NRSE available. Here, different conﬁgurations were investigated and the setting with
the highest SNR increase was used. However, not all possible conﬁgurations were tried so that other settings may lead
to a higher SNR increase.
2.1.4 Evaluation of the separated noise signal
within speech pauses
For the discussion of Section 4.3.2, we determined
speech pauses of the ISTS, which are longer than 80 ms.
To this end, we searched in the “clean” wave ﬁle of the ISTS
for intervals, where the moving RMS with a window size of
20 ms is 15 dB below the RMS of the complete signal. Next,
we considered the pauses within the analysis window from
30 s to 60 s only and computed the level of the noise signal
separated with the phase inversion method at the output of
the hearing aid over all pauses. In Figure 1, the relative
noise level is exemplary plotted for HA1 and HA2 against
time. Moreover, the amplitude of the ISTS of the wave ﬁle
is plotted w.r.t. full scale and the speech pauses are depicted
with a grey background color.

Figure 1. In the upper graph, the amplitude of the ISTS of the
wave ﬁle is plotted w.r.t. full scale. In the middle and lower
graph, the level of the noise signal separated with the phase
inversion method at the output of the hearing aid is plotted
exemplary for HA1 and HA2 against time. For this visualization,
the moving RMS with a window size of 20 ms is computed.
Moreover, the level of the complete time window from 30 s to
60 s is subtracted. In all three graphs, speech pauses are depicted
with a grey background color.

2.1.5 Percentile sound pressure level of the separated
speech signal
For the discussion of Section 4.3.3, the percentile sound
pressure levels were computed for the separated speech
signals according to IEC 60118-15 [39]. This means the
sound pressure levels of the separated speech signals were
computed within 125 ms time intervals with an overlap of
50%. Then, the sound pressure level below which a certain
percentage of all sound pressure levels falls was determined.
For instance, a 65th percentile sound pressure level of 45 dB
SPL means that 65% of the sound pressure levels of all
125 ms time intervals are below 45 dB SPL. Furthermore,
according to IEC 60118-15, the percentile sound pressure
levels are computed separately within 1/3-octave bands
with nominal center frequencies from 0.25 kHz to 6.3 kHz.
However, we compute the percentile sound pressure levels
for the broad band signals only. To this end, we considered
the speech signals after the separation with the phase
inversion method during the time window from 30 s to
60 s. Moreover, we normalized the sound pressure levels
by subtracting the sound pressure level of the complete time
window.
2.2 Results
2.2.1 Veriﬁcation
All input signals were monitored with the reference
microphone, and as veriﬁcation, the phase inversion method
was also performed for those recordings. This reveals that
the absolute sound pressure levels of the separated speech
and noise signals at the reference microphone for all
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measurements are within a tolerance of ±0.3 dB, and that
the SNRs are within a tolerance of ±0.15 dB. Moreover, the
levels of the veriﬁcation signals at the output of the hearing
aids (v0 (t)) were compared to the levels of the separated
speech (s0 (t)) and noise signals (n0 (t)). As suggested in the
draft of the IEC 60118-16 ED1 [4], the minimum of the
levels of the separated speech and noise signals was always
10 dB above the level of the veriﬁcation signal.
2.2.2 Broadband gain
First, the gain for NRSE OFF is evaluated for the separated speech and noise signals (not depicted in a ﬁgure).
The gain is lowest for HA3 with 25 dB and highest for
HA5 with 45 dB. Since a linear ampliﬁcation is programmed, the gain should be equal for the separated speech
and noise signal as well as for all input levels. Up to an input
speech level of 70 dB SPL, the gain is constant over all
input speech levels and the complete SNR range within a
tolerance of ±1.5 dB for both the separated speech and
noise signal. For speech levels of 72.5 and 75 dB SPL, the
gain especially at lower SNRs is reduced for HA2, HA4,
and HA5. The reduction for the speech signals is a little
higher than for the noise signals. The highest reduction in
gain of approx. 3.5 dB can be observed for the speech signal
of HA2 at the highest input speech level of 75 dB SPL and
the lowest SNR of 5 dB.
Next, the gain with NRSE ON for the separated speech
and noise signals is considered (see Fig. 2). All hearing aids
reduce the gain for both signals at low SNRs. The highest
reduction in gain with decreasing SNR can be found for
HA5 where the speech signal is reduced in a range of
8.6 dB and the noise signals in a range of 12.4 dB.

Figure 2. Gain with NRSE ON for all input speech levels for
the separated speech (Ls0  Ls , blue curves) and noise signals
(Ln0  Ln , red curves).

2.2.3 SNR change
To clearly see the effect of the NRSE, the difference
between the input SNR (SNRin) and the SNR at the hearing aid output (SNRHA) is visualized in Figure 3 for NRSE
ON. HA1, HA3, HA4, and HA5 provide a clearly noticeable
SNR increase with a maximum in the range of 3.5–4.8 dB.
For HA2 and HA6, the maximum SNR increase is 1 dB and
0.7 dB, respectively. Beside the maximum SNR increase
also the corresponding input SNR is of interest for the user.
HA5 shows the highest SNR increase for lower input SNRs
between 5 and 0 dB, HA1 and HA3 have their maximum
SNR increase around an input SNR of 2.5 dB, and HA4
shows the highest SNR increase for higher input SNRs
between 5 and 10 dB.

3 2-AFC loudness comparisons
3.1 Materials and methods
3.1.1 Test setup
The 2-AFC measurements took place in an audiological
test room with a ground area of 3.55  2.52 m2 and a height
of 2.5 m, which fulﬁlls all requirements according to ISO
8253-2 [40]. The acoustic signals were presented with an

Figure 3. Difference between the input SNR (SNRin) and the
SNR at hearing aid output (SNRHA) with NRSE ON. The SNR
difference at an input speech level of 70 dB SPL and an input
SNR of 2.5 dB is marked with “”, and the SNR difference of the
sound ﬁles used for the 2-AFC loudness comparisons is depicted
as “+” (see Sect. 3).

RME sound card of type “FIREFACE 802” and a Genelec
loudspeaker of type “8020C” placed in 1 m distance to the
test subjects. Furthermore, instructions were presented on
an iiyama touch display of type “ProLite T1532MSC”,
and answers of the test subjects were received by typing
on the screen. A computer with Matlab 2018b was used
to automate the test procedures. Before the measurements,
the levels of the signals were calibrated within a tolerance of
±1 dB SPL, and the frequency characteristic of the loudspeaker was equalized between 100 Hz and 10 kHz within
a tolerance of ±2 dB both using Brüel & Kjaer’s free ﬁeld
microphone of type “4190”.
3.1.2 Test procedure
Signals to be evaluated

For the 2-AFC loudness comparisons, recordings of all
six hearing aids with NRSE ON and NRSE OFF at an
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input speech level of 70 dB SPL and an input SNR of 2.5 dB
were considered which results in 12 signals to be evaluated.
Input speech level and input SNR were selected such that
most hearing aids provide almost maximum SNR increase
according to the results of the phase inversion method
(see “” markers in Fig. 3). During the 2-AFC task, the signals to be evaluated were presented at a ﬁxed sound pressure level of 65 dB SPL.
Due to technical reasons, the recordings of the signals to
be evaluated during the 2-AFC tasks were not exactly the
same as used for the technical evaluation at an input speech
level of 70 dB SPL and an input SNR of 2.5 dB. To verify
that the settings are comparable, the SNRs at the output of
the hearing aids of the recordings used during the 2-AFC
tasks are also depicted in Figure 3 with “+” markers. Beside
small measurement tolerances, all SNRs are comparable
except for HA6 where a difference of 0.55 dB can be noticed.
The reason is that the characteristics of the noise reduction
of HA6 depend on many different settings and after the
study with the 2-AFC loudness comparisons, a conﬁguration has been found leading to a higher SNR increase.
Therefore, the results of HA6 with these settings are presented for the technical evaluation.

5

Figure 4. Visualization of the three different 2-AFC tasks,
which are denoted as 1. round, 2. round, and 3. round.

Comparison signals
For the second signal of the 2-AFC tasks, separate
speech and noise signals were successively recorded for all
six hearing aids with NRSE OFF using the same measurement equipment as explained in the previous section. Moreover, the same input levels (speech level of 70 dB SPL,
input noise level of 67.5 dB SPL) were used as for the signals to be evaluated. During the 2-AFC task, the separate
recorded speech and noise signals were adaptively mixed
together and presented as comparison signals.
2-AFC task
For each of the 12 signals to be evaluated (also denoted
as condition 1 (C1) to 12 (C12)), the test subjects had to
separately compare the loudness of speech and noise in
three different 2-AFC tasks which are denoted as 1. round,
2. round, and 3. round (see Figs. 4 and 5). During each
round either the speech or noise level of the comparison signal was adaptively changed according to a 1-up/1-down
rule. At the beginning, a step size of 3 dB, after the second
reversal point a step size of 2 dB, and after the fourth reversal point a step size of 1 dB was used. One round was
stopped, if either 12 reversal points or 40 trials were
reached, and as result, the mean of the last four reversal
points was computed.
1. round – comparison of noise
During the ﬁrst round, the test subjects had to choose
the signal where the noise is louder. Then, the level of the
noise signal was adaptively changed for the comparison
signal as described in the foregoing. The level of the speech
signal was ﬁxed at 63.1 dB SPL. As starting point,

Figure 5. Flow chart of the test procedure exemplary for one
test subject. Overall 36 2-AFC tasks were completed by the test
subjects.

a noise level of 60.6 dB SPL was chosen so that the starting
sum SPL was 65 dB and the starting SNR corresponds to
the input SNR of 2.5 dB as used for the signals to be
evaluated.
2. round – comparison of speech
During the 2. round, the subjects had to choose the signal where the speech level is louder. Here, a ﬁxed noise level
was chosen for the comparison signal equal to the result of
the 1. round. The speech level started at the level of the 1.
round (63.1 dB SPL) and was adaptively changed according to the 2-AFC procedure.
3. round – comparison of noise
During the 3. round, again the noise level was compared
and adaptively changed for the comparison signal. As starting point, the result of the 1. round was chosen. The speech
signal was set to a ﬁxed level equal to the result of the
2. round. Thus, the speech level during this round corresponds to the experienced speech level of the signal to be
evaluated. Comparing the results of this round with the
1. round should give insights, whether or not the speech
level has an effect on the loudness rating of the noise.
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Time windows
The recordings of the signals to be evaluated and
the individual recordings of speech and noise used for the
creation of the comparison signals have a duration of
60 s. Since this is too long to be used during a 2-AFC task,
40 different 2 s long pieces were cut out of the signals, and a
fade-in and fade-out was applied. To neglect transient
effects, the pieces were cut out only between 30 s and
60 s, and different pieces may overlap partly. Moreover,
during one trial of the 2-AFC task, only paired pieces were
compared, which were cut out at the same position in the
ISTS.

Figure 6. Performance of the ﬁrst 12 test subjects at different
appointments where the inter-individual variation and the
variation due to the condition were eliminated.

3.1.3 Study design
Overall 18 normal hearing test subjects (11 female,
7 male) with an age between 23 and 35 years (mean 29)
participated in the study. Before the actual test started, a
pure tone audiometry was performed at frequencies of
0.125, 0.25, 0.5, 0.75, 1, 1.5, 2, 3, 4, 6, 8 kHz and all test subjects fulﬁlled the deﬁnition of normal hearing according to
ISO 8253-2 [41]. The order of the 12 conditions to be evaluated was randomized using a Latin square. This means for
the ﬁrst 12 test subjects each of the signals to be evaluated
was once presented at ﬁrst, second, . . . , and twelfth position. The completion of all three rounds for one condition
took approx. 10 min. The evaluation of all 12 signals was
split into three appointments so that at one appointment
four signals were evaluated (see Fig. 5). Moreover, between
the four signals of one appointment a break of approx.
5 min was made.
3.2 Results
3.2.1 General
All three appointments were completed by the test subjects within a maximum of 11 days, and on average within
in 3.7 days. Different appointments were usually at different
days except for one test subject where the ﬁrst appointment
was in the morning and the second appointment in the
evening.
The 2-AFC tasks were stopped for all test subjects and
all rounds after 12 reversal points, i.e., no test subject
reached 40 trials. On average 20.6 trials were required to
reach 12 reversal points.
3.2.2 Performance at different appointments
The randomization according to a Latin square is
complete only for the ﬁrst 12 test subjects, i.e., each condition was presented equally often at each position. Consequently, only the ﬁrst 12 test subjects are considered to
compare the performance of the test subjects at different
appointments. To neglect variations due to the condition,
the average over all test subjects per condition was computed and this average was subtracted from the results of

each test subject separately for each condition. Next, to
neglect also inter-individual variation, the average over
all conditions per test subject was computed and this value
was subtracted from the results of each test subject. Finally,
the results of all four conditions at one appointment were
averaged. These results are visualized in Figure 6 for all
three rounds and all three appointments. Testing on normality using the Shapiro–Wilk test with Bonferroni correction
indicates that all data are normally distributed. A twoway repeated measures ANOVA was performed using
the factors “appointment” and “round”, which shows no
signiﬁcant effects neither for the factor “appointment”,
F(2,22) = 1.79, p = 0.19, nor for the factor “round”,
F(2,22) = 4.56e-29, p = 1.
3.2.3 Performance over time during one appointment
At one appointment four conditions were evaluated by
the test subjects and between the second and third
condition a break of approx. 5 min was made (see Fig. 5)
so that one appointment took approx. 1 h. To compare
the performance over time during one appointment, the
results of the ﬁrst 12 test subjects were considered and the
inter-individual variation and the variation due to the
condition were eliminated as described in the foregoing
section. Then, the results of each of the four conditions
tested at one appointment were averaged over all three
appointments (see Fig. 7) w.r.t. the order of the condition
tested. Testing on normality using the Shapiro–Wilk test
with Bonferroni correction indicates that all data are
normally distributed. A two-way repeated measures
ANOVA was performed using the factors “order/time” and
“round”, which shows no signiﬁcant effects neither for the
factor “order/time”, F(3,33) = 1.79, p = 0.07, nor for the factor “round”, F(2,22) = 4.55e-29, p = 1.
3.2.4 Comparison of the noise level evaluated during
the 1. and 3. round
All noise levels evaluated during the 1. round (Lnoise1)
and 3. round (Lnoise2) for all 18 test subjects were tested
on normality using the Shapiro–Wilk test with Bonferroni
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Figure 7. Performance of the ﬁrst 12 test subjects over
order/time during one appointment where the inter-individual
variation and the variation due to the condition were eliminated.

correction, which indicates that 23 of 24 data sets are
normally distributed. Thus, we decided to still use parametric tests. A two-way repeated measures ANOVA was
performed using the factors “condition” and “1. or 3. round”,
which shows a signiﬁcant effect for both the factor “condition”, F(11,187) = 173.8, p < 0.001***, and the factor “1.
or 3. round”, F(1,17) = 6.96, p = 0.02*. The interaction
between both factors was not signiﬁcant, F(11,187) =
1.19, p = 0.06. (Throughout this work, signiﬁcant effects
are indicated with stars where “*” corresponds to
p < 0.05, “**” to p < 0.01, and “***” to p < 0.001.) Since
the differences between the 1. and 3. round is of interest, a
pairwise comparison for all conditions between both rounds
with a paired t-test and Bonferroni correction was performed, which shows no signiﬁcant differences (see
Fig. 8). Finally, the average over all conditions was computed for all test subjects and the difference between the
noise level of the 3. round (Lnoise2) and 1. round (Lnoise1)
was computed (M = 0.28 dB, SD = 0.45 dB), which is
depicted on the right side of the boxplot of Figure 8. Testing
on normality using the Shapiro–Wilk test indicates that
this data is normally distributed. Performing a paired t-test
shows that the noise level during the 3. round is signiﬁcantly higher rated as during the 1. round t(17) = 2.64,
p = 0.02*.
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Figure 8. Difference between the noise level evaluated in the 3.
round (Lnoise2) and 1. round (Lnoise1) for all 12 conditions and all
18 test subjects. For details about the conditions see Figure 5.
Moreover, the average over all conditions is depicted on the right
side of the boxplot.

Figure 9. Sound pressure levels of noise as result of the 2-AFC
tasks during the 3. round (Lnoise2) for all 18 test subjects
depicted as boxplots. In addition, the sound pressure levels of
noise as result of the phase inversion method (PIM) are shown
with black lines. Furthermore, the noise levels of the phase
inversion method were evaluated in the speech pauses only, and
these noise levels are indicated by circles.

3.2.5 Noise level

3.2.6 Speech level

In Figure 9, the noise level evaluated by the test subjects
during the 3. round (Lnoise2) for all 18 test subjects and the
results of the phase inversion method are visualized
together. For all conditions, Shapiro–Wilk tests with Bonferroni correction were performed, which indicate that 9
of 12 data sets are normally distributed. Hence, we still used
t-tests to compare the results of the 2-AFC tasks with the
results of the phase inversion method and applied a Bonferroni correction. For the conditions with NRSE OFF, there
was no signiﬁcant difference found between the results of
the 2-AFC tasks and the phase inversion method. For the
conditions with NRSE ON, there are high and highly significant differences for three of six hearing aids (HA1, HA3,
HA5), where the loudness of the noise is rated softer during
the 2-AFC task.

In Figure 10, the speech level evaluated by the test subjects during the 2. round (Lspeech) for all 18 test subjects and
the results of the phase inversion method are visualized
together. For all conditions, Shapiro–Wilk tests with
Bonferroni correction were performed, which indicate that
9 of 12 data sets are normally distributed. Thus, we still
used t-tests to compare the results of the 2-AFC tasks with
the results of the phase inversion method and applied a
Bonferroni correction. For the conditions with NRSE
OFF, there was no signiﬁcant difference found between
the results of the 2-AFC tasks and the phase inversion
method. For the conditions with NRSE ON, there are
highly signiﬁcant differences for four of six hearing aids
(HA1, HA3, HA4, HA5), where always the loudness of
the speech is rated softer during the 2-AFC task.
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the results of the phase inversion method and applied a
Bonferroni correction. For the conditions with NRSE
OFF, there was no signiﬁcant difference found between
the results of the 2-AFC tasks and the phase inversion
method. For the conditions with NRSE ON, there are
signiﬁcant differences for two of six hearing aids, where
the results of the 2-AFC tasks indicate a higher SNR for
HA1 and a lower SNR for HA4 compared to the phase
inversion method.

4 Discussion
4.1 Phase inversion method
Figure 10. Sound pressure levels of speech as result of the
2-AFC tasks during the 2. round (Lspeech) for all 18 test subjects
depicted as boxplots. In addition, sound pressure levels of speech
as result of the phase inversion method (PIM) are shown with
black lines. Furthermore, the 68th percentile sound pressure
levels were computed for the speech signals of the phase
inversion method depicted with diamond markers.

4.1.1 Gain reduction for lower input SNRs
The results of the phase inversion method clearly show
that all hearing aids reduce the gain for lower input SNRs.
This reduction is highest for HA5 and lowest for HA2.
Moreover, for HA1, HA3, and HA4, the reduction of gain
is almost independent of the speech level whereas HA2,
HA5, and HA6 show a higher reduction for higher speech
levels. Hence, we can conclude that the noise reduction of
all hearing aids considered includes a gain reduction for
lower input SNRs, which probably should increase the
comfort in noisy environments.
4.1.2 SNR increase

Figure 11. SNR computed as the difference between the
evaluation of the speech level with the 2-AFC tasks during the
2. round and the noise level during the 3. round (Lspeech  Lnoise2)
for all 18 test subjects depicted as boxplots. In addition, the
results of the SNR of the phase inversion method (PIM) are
shown with black lines, and the results of the phase inversion
after a correction are indicated with square markers.

3.2.7 SNR
In Figure 11, the SNR computed as the difference
between the evaluation of the speech level within the 2AFC tasks during the 2. round and the noise level during
the 3. round (Lspeech  Lnoise2) for all 18 test subjects and
the results of the phase inversion method are visualized
together. For all conditions, Shapiro–Wilk tests were
performed with Bonferroni correction, which indicate that
10 of 12 data sets are normally distributed. Hence, we still
used t-tests to compare the results of the 2-AFC tasks with

As stated in the draft of the IEC 60118-16 ED1 [4], a
NRSE shall provide an increase of at least 1 dB SNR.
HA1, HA3, HA4, and HA5 clearly fulﬁlled this requirement
whereas HA6 would have failed with a maximum SNR
increase of approx. 0.7 dB. HA2 reached a maximum
SNR increase of approx. 1 dB whereas a consideration of
measurement uncertainties may also lead to a fail.
From the perspective of the user, not only the amount of
SNR increase but also corresponding input SNR is of
interest. An SNR increase seems to be more helpful in noisy
situations, i.e., for lower input SNRs. Here, there are some
differences between the hearing aids. HA5 shows the highest SNR increase for lower input SNRs between 5 and
0 dB, HA1 and HA3 have their maximum SNR increase
around 2.5 dB, and HA4 shows the highest SNR increase
for higher input SNRs between 5 and 10 dB. Consequently,
a different working range of the NRSE of two hearing
aids with the same maximum SNR increase can be the
reason for different beneﬁts experienced by the user.
Another important factor for the beneﬁt experienced by
the user is the amount of non-linear distortion caused by
the noise reduction which is not considered in this work
(see Sect. 4.5.2).
4.2 2-AFC loudness comparison
4.2.1 Effects due to training and fatigue
Training effects and fatigue can change the performance
of test subjects over time. One can expect that fatigue
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averaged over all subjects changes the performance within
one appointment, but not between appointments. By
contrast, a training effect is assumed to take place within
one appointment and also between appointments, since
all three appointments were completed in a short period
of time (on average within 3.7 days). Consequently, the
comparison of the performances at different appointments
should depict training effects (see Fig. 6). Nevertheless,
there was no signiﬁcant effect found for the factor appointment. The mean standard deviation over all appointments and rounds is 0.43 dB so that a difference of
0.28 dB should be noticeable considering a statistical power
of 0.8. Thus, we conclude that there are no reasonable
training effects.
As depicted in Figure 7, the performance of the test
subjects does not signiﬁcantly change over order/time.
The mean standard deviation over all rounds and all four
conditions tested within one appointment is 0.49 dB. If
again a statistical power of 0.8 is considered, a difference
of 0.34 dB should be noticeable so that we conclude that
there are also no meaningful effects due to fatigue.
4.2.2 Inﬂuence of the speech level on the loudness
comparison of the noise level
During the study, test subjects individually evaluated
the loudness of speech and noise. A successive evaluation
of speech and noise was chosen, because an interleaved task,
where the evaluation of speech and noise alternates between
the trials, is very difﬁcult and exhausting for the test
subjects. Although within one round only speech or noise
was compared, speech and noise are always presented
simultaneously. Therefore, the evaluation of the signal of
interest can be impaired by the loudness of the second
signal. To analyze this effect and to compensate for it, an
iterative approach where the two signals are evaluated
multiple times seems reasonable but also time consuming.
We decided to start with the evaluation of the noise signal
and included only two iterations for the noise signal due to
the following reasons.
The signals to be evaluated consist of speech and noise,
which are presented at a sum level of 65 dB SPL. Since a
positive SNR was chosen and the activated NRSE should
further increase the SNR, the speech level is presented for
all signals within a small range of 63.1 dB SPL at 2.5 dB
SNR and 65 dB SPL for an inﬁnite positive SNR. On the
contrary, if a constant or an increased SNR is assumed,
the noise level could reach values of 60.6 dB SPL and below.
Hence, we assumed that we have a better starting point for
the speech level (63.1 dB SPL) than for the noise level so
that we started with the evaluation of the noise level in
the 1. round. Then, during the 2. round, the result of the
1. round was used as noise level (see Fig. 4), which should
already be a good estimate. Therefore, we decided that for
the evaluation of the speech level a second iteration was
not required.
In Figure 8, the differences between the evaluation of
the noise level during the 1. and 3. round are depicted.
The mean standard deviation over all conditions is 1.1 dB
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Figure 12. Mean difference between the noise level of the
1. and 3. round for all conditions plotted against the mean
change of the speech level during the 1. and 3. round.

so that a difference of 0.79 dB should be noticeable considering a statistical power of 0.8. If a paired t-test is performed
and a Bonferroni correction for 12 comparisons is considered, there are no signiﬁcant differences. However, the average over all conditions showed a signiﬁcant difference with a
mean of 0.28 dB. Since we expect a stronger effect for those
conditions where the speech level has changed more between
the 1. and 3. round, the mean difference between the noise
level of the 1. and 3. round for all conditions against the
mean change of the speech level during the 1. and 3. round
is plotted in Figure 12. Here, we found a signiﬁcant negative
correlation (q = 0.63; p = 0.03*), and a linear ﬁt with a
slope of 0.3 dB/dB. These results suggest that the speech
level during the evaluation of the noise has an impact on the
result so that for all further considerations the results of
the 3. round are considered only. In addition, the change
of the mean noise level between the 1. and 3. round is in
the range of 1 dB. Consequently, the noise level during the
evaluation of the speech level in the 2. round is already very
close to the level of convergence so that only one evaluation
of the speech level seems reasonable. Furthermore, we can
also conclude that the speech level during the 3. round is
near to the level of convergence so that one iteration for
the evaluation of the noise signal seems to be sufﬁcient.
4.3 Comparison of the results of the phase inversion
method and 2-AFC loudness comparison
4.3.1 Impact of additional noise due to non-linear
distortions
Due to a non-linear signal processing within the NRSE,
non-linear distortions may be added to the output signals
which could be perceived as additional noise. This additional noise would not be canceled out by the phase inversion method. This means that we can consider this effect as
additive noise term in all separated signals, i.e., the speech
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signal (4), the noise signal (5), and the veriﬁcation signal
(6). Since we found that the minimum of the levels of the
separated speech and noise signals was always 10 dB above
the level of the veriﬁcation signal (see Sect. 2.2.1), additive
noise caused by non-linear distortions seems to have a
minor impact and is neglected.
4.3.2 Noise level
For all devices with NRSE OFF and for those devices
with a low reduction of the noise level, the results of the
2-AFC tasks and phase inversion method show no signiﬁcant differences. By contrast, HA1, HA3, and HA5 show
the highest reduction of the noise level and there were
signiﬁcant differences found. In [31], it is shown that noise
reduction algorithms may decrease the noise level in speech
pauses more than during the speech pulses. Hence, we
determined speech pauses of the ISTS and computed the
noise level within these intervals (see Sect. 2.1.4). In
Figure 1, we can observe that the noise level for HA1 and
HA2 with NRSE OFF is almost constant over time.
However, there are ﬂuctuations noticeable for HA1 with
NRSE ON within a range of ±5 dB. Furthermore, the noise
level within the speech pauses is also shown in Figure 9 with
circles. Here, we can observe that the noise level within the
speech pauses and the noise level of the complete analysis
window differs more for conditions where the noise is
stronger reduced. Moreover, we see that the differences to
the median of the results of the 2-AFC tasks are smaller.
Consequently, these results suggest that humans mainly
rate the loudness of the noise within the speech pauses
and not within the speech pulses. This is similar to the
observation that listeners are able to glimpse pieces of the
target speech occurring at different times and somehow
patch them together to hear out the target speech which
is also known as “listening in the gaps” [42, 43]. Compared
to the evaluation of the noise signal in our experiment,
one main difference is that the noise signal is the target
and the speech signal is the time varying interferer.
4.3.3 Speech level
For all devices with NRSE OFF and for HA2 and HA6,
the results of the 2-AFC tasks and phase inversion method
show no signiﬁcant differences for the speech level (see
Fig. 10). On the other hand, with NRSE ON, the speech
levels of HA1, HA3, HA4 and HA5 were rated signiﬁcantly
lower during the 2-AFC tasks than the speech levels determined with the phase inversion method. Using a similar
approach as for the noise signal would be computing the
speech level during the speech pulses only. However, this
approach fails, because (i) the speech signal is rated softer
and this approach would increase the sound pressure levels
of the speech signal, and (ii) we found that this computation results in a constant offset of about 1.1 dB for all
manufacturers with and without activated NRSE so that
the individual differences depicted in Figure 10 cannot be
explained.
In [31], it is reported that a NRSE may lead to a nonlinear ampliﬁcation with expansion, i.e., louder speech parts

Figure 13. Broadband percentile levels for the speech signals
after the separation with the phase inversion method. The
percentile levels are depicted relative to the RMS level of the
analysis window from 30 s to 60 s. In addition, the zero crossing
points (DL = 0) are marked with “”. Furthermore, the 68th
percentile is marked with a dashed line, since the 68th percentile
sound pressure levels best match the results of the 2-AFC tasks
(see diamond markers in Fig. 10).

are higher ampliﬁed than softer speech parts. Although
[44] showed that an expansion for clean speech has a minor
effect on the loudness perception, we believe that this could
be different, if noise is present. For the analysis of expansion, in [31], the percentile sound pressure levels were
computed according to IEC 60118-15 [39]. In this standard,
the percentile sound pressure levels are computed separately within 1/3-octave bands whereas we computed the
percentile sound pressure levels for the broad band signals
only (see Sect. 2.1.5). In Figure 13, the 50th–100th percentile sound pressure levels are depicted for all hearing aids
with and without NRSE. Here, we see an expansive ampliﬁcation for all conditions for which we found differences
between the results of the 2-AFC tasks and the phase inversion method. For HA1, HA3, HA4, and HA5, below the
75th percentile the speech parts are lower and above the
90th percentile the speech parts are higher ampliﬁed with
NRSE ON compared to NRSE OFF. In addition, the zero
crossing points (DL = 0) are marked with crosses in
Figure 13. At these points the percentile sound pressure
level is equal to the sound pressure level of the complete
signal. For HA1, HA3, HA4, and HA5, this point is shifted
to higher percentiles for NRSE ON, i.e., the louder parts of
the speech signal contribute more to the sound pressure
level of the complete signal. However, since we know that
the loudest parts of speech signals are usually very short
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and the loudness perception of short sounds is lower
[45–47], the loudness perception w.r.t. the sound pressure
level of the complete signal is different for HA1, HA3,
HA4, and HA5 with NRSE ON due to the expansion of
the signal. One approach could be to use a percentile sound
pressure level instead of the sound pressure level of the complete signal. We have tested all percentile sound pressure
levels and found that in our experiment with the ISTS
the 68th percentile best matches the results of the 2-AFC
task. Therefore, this percentile is marked in Figure 13 with
a dashed line and the 68th percentile sound pressure levels
are plotted with diamond markers in Figure 10.
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4.5 Limitations
4.5.1 Interpretation of SNR increase
The phase inversion method and the 2-AFC loudness
comparisons can be used to analyze different features of
hearing aids in terms of SNR, e.g., the NRSE or directional
microphones. A SNR increase caused by one of these
features may also reduce listening effort or increases
comfort whereas in most cases speech intelligibility is only
increased by directional microphones. Thus, the SNR
increase measured should not be translated into speech
intelligibility. For this purpose, a direct measure of speech
intelligibility or other means should be considered.

4.3.4 SNR
For HA3 and HA4, the speech and noise levels are both
rated softer during the 2-AFC tasks so that the SNR
computed with the phase inversion method shows no significant differences. Looking at HA1 and HA4, we can notice
highly signiﬁcant differences whereas the sign is different.
Compared to the phase inversion method, the results of
the 2-AFC tasks suggest a higher SNR for HA1 and a lower
SNR for HA4. For HA1, the noise level of the 2-AFC task is
about 2.5 dB lower and the speech level is just about 0.9 dB
lower than the result of the phase inversion method. By
contrast, for HA4, the noise level of the 2-AFC task shows
no signiﬁcant difference and the median of the speech levels
is about 3.1 dB lower than the result of the phase inversion
method. If we now use the 68th percentile sound pressure
level for the speech signal and consider the noise level in
the speech pauses for the separated signals of the phase
inversion method, the SNR values better match the results
of the 2-AFC tasks (see squares in Fig. 11).
4.4 Generalization of the results
As input signals, the ISTS was presented together with
the IFnoise. The ISTS is a standardized signal, which
includes speech parts of six languages spoken by 21 different
female speakers, and features as many of the most relevant
properties of natural speech as possible. Therefore, we
believe our results especially of Section 4.3.3 can be seen
as general example, whereas the exact percentile sound
pressure level which best meets the perceptual results
may vary for other speech signals. The IFnoise was generated by overlapping multiple time-shifted instances of the
ISTS [36]. It is an almost stationary noise, which has the
same long term average spectrum as the ISTS. Hence, we
believe our conclusions especially of Section 4.3.2 are also
valid for other stationary noise signals, whereas for ﬂuctuating maskers further studies are needed. Furthermore, hearing aids of the six largest hearing aid manufacturers were
analyzed so that a variety of different signal processing
strategies for a NRSE were covered. Thus, we believe our
conclusions on the performance, characteristics, and analysis of a NRSE is valid for state-of-art realizations of a
NRSE, whereas future developments may require further
investigations.

4.5.2 Sound quality
From the perspective of the user, not only the increase
of SNR but also the sound quality is of importance. Usually,
the strength of noise reduction algorithms can be adapted,
and there is a trade-off between SNR increase and nonlinear distortions. Therefore, a complete evaluation of noise
reduction algorithms in hearing aids requires also a measure
of sound quality, which was not the focus of this study.
4.5.3 Hearing aid settings
Since the focus of this study is on the NRSE and other
features of the signal processing may affect the measurements with the phase inversion method, all adaptive features of the hearing aids beside the NRSE were
deactivated during the experiments. This is different to
the conﬁguration in real life where multiple features are
usually active at the same time. Hence, the results of this
study do not cover interactions between other features
and the NRSE. Nevertheless, as long as features do not
behave differently because of the phase inversion and do
not change the phase in a non-linear way, the phase inversion method should also be applicable in combination with
other features such as the dynamic range compression.
Consequently, another application of the 2-AFC loudness
comparisons described in this work could be the investigation of the reliability of the phase inversion method in
combination with other hearing aid features.
4.5.4 Test subjects
In this study, 18 normal hearing test subjects evaluated
the effect of the NRSE within multiple 2-AFC loudness comparisons. It is well known that the loudness perception of
hearing impaired people is different to normal hearing
listeners. Nevertheless, in [34], hearing impairment was not
correlated to the just noticeable difference (JND) in SNR.
Moreover, since the relative loudness and not the absolute
loudness is evaluated during the 2-AFC tasks, it is assumed
that the inﬂuence of hearing impairment is reduced. However, further experiments with hearing impaired listeners
are required to analyze the inﬂuence of hearing ability on
the results of the 2-AFC loudness comparisons.
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5 Conclusion
The results of the phase inversion method for multiple
speech levels and input SNRs reveal differences of the noise
reduction for speech enhancement (NRSE) between hearing
aids of six different manufacturers. Differences have been
found for the maximum SNR increase and for the working
range of the noise reduction. This again demonstrates the
possibilities of the phase inversion method for the analysis
of noise reduction algorithms in hearing aids.
Furthermore, a 2-AFC procedure for a separate evaluation of the loudness of speech and noise within a mixed signal was presented. The individual ratings for the loudness of
speech and noise were determined by an iterative approach.
A study with 18 adult normal-hearing listeners demonstrated that the 2-AFC task is robust against training
effects and fatigue. Moreover, we found that two iterations
for the noise and one iteration for the speech signal were sufﬁcient for this study.
Both the technical evaluation with the phase inversion method and the 2-AFC loudness comparison were
performed for the same hearing aids of six different manufacturers with NRSE OFF and ON. A comparison of both
results shows signiﬁcant differences, and an evaluation of
speech, noise and SNR gives insights into possible reasons
for those differences. For the speech signal, a NRSE may
lead to an expansive ampliﬁcation, which changes the loudness perception w.r.t. to the sound pressure level of the
speech signal. For the noise signals, we found that a NRSE
may reduce the noise stronger in speech pauses than during
speech activity, and the perceived loudness of the noise
better matches the noise level within the speech pauses.
With those ﬁndings we developed a way to post process
the results of the phase inversion method to better match
the perceived loudness of human test subjects. We found
that the 68th percentile broadband sound pressure level
of the separated speech signal, and the sound pressure level
of the noise signal only evaluated within the the speech
pauses well match the individual loudness ratings for speech
and noise. While the results of the present investigation
hold for a stationary noise signal with the same spectrum
as the speech, the applicability to other noise signals has
to be evaluated in further studies. Overall, we showed that
the phase inversion method basically can predict the
perceived loudness of normal-hearing listeners, but a simple
computation of the sound pressure level may lead to significant deviations. The authors declare that there is no conﬂict of interest.
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