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ABSTRACT

In this work we present a new method for assessment of
directionality in modern hearing aids, which has the benefit
of simulating both a target source and an interfering source
at the same time using speech signals. We show the benefits
and the limitations of the method and present measurements
for different microphone modes of different manufacturers.
Furthermore, a sequential index based on these measurements
is introduced.

Index Terms— Spatial Processing, Measurement, Hear-
ing Aids, sequential Directivity Index

1. INTRODUCTION

Todays hearing aids make use of adaptive spatial filtering
techniques that exploit the temporal and spatial sparsity of
most listening environments [1]. These approaches include
adaptive beam forming [2] as well as spectral subtraction [1].
These are applied both monaurally [3] (using a combination
of front- and rear facing patterns) as well as binaurally (using
a combination of ispi- and contralateral signals) [4]. These
approaches lead to substantial improvements in subjective
noise reduction [3], however they perform best in non-diffuse
and non-stationary environments. Real environments are al-
ways a mixture of diffuse and directional sources, and of
stationary and nonstationary signals. Speech signals are non-
stationary and directed, which makes them a good candidate
for said techniques. Interfering speech is typically also very
distracting, because of its similar temporal and frequency
characteristics to competing target speech.

Measurement of spatial characteristics of directional pro-
cessing techniques is usually done under conditions that do
not reflect the actual use case. They are performed e.g. in ane-
choic chambers, without any target signal, often using pure
noise signals as interferer, or even under free-field conditions.
In order to find a measurement method that reflects the hear-
ing impression for those advanced algorithms, one should try
to use measurement conditions that are much closer to the real
environment. This was the motivation for the development of
the approach which we will describe in this paper.

2. SUPERPOSITION APPROACH

Hagerman and Oluffson presented an approach to investigate
the effect of noise reduction in hearing aids, using a superpo-
sition of a target signal with a noise signal [5]. Two signals
are presented to the hearing aid in sequential order. Let the
signals be denoteda(n) andb(n), we have:

a(n) = u(n) + v(n)

b(n) = u(n)− v(n)

whereu(n) andv(n) are uncorrelated. Withar(n) andbr(n)
denoting the recorded signals, we expect

ar(n) = ur(n) + vr(n) + e1(n) (1)

br(n) = ur(n)− vr(n) + e2(n) (2)

whereur(n) andvr(n) are the respective signal components
corresponding to the input signalsu(n) andv(n), ande1(n)
and e2(n) denote the non-linear signal alterations which
should be considered as error signals for our signal separa-
tion approach.

In order to achieve reproducible results, we expect the
hearing aids to be in the same initial condition for both input
signal playbacks. We expect furthermore, that the phase dif-
ferences in the input signal will produce corresponding phase
differences in the output signal, and that the phase is not al-
tered by further signal processing algorithms, for example
feedback cancellation techniques[6]. We further rely on equal
behavior in terms of other time-variant processes in the hear-
ing aid, like noise reduction or classification-based situation
recognition. Assuming these time-variant processes to be sig-
nificantly slower than the signal components and assuming a
linear operation point of the hearing aids, we can neglect the
error signalse1/2(n) ≈ 0 and can estimate the signal compo-
nents as

ur(n) ≈
ar(n) + br(n)

2
, (3)

vr(n) ≈
ar(n)− br(n)

2
. (4)

Hagerman originally used this method to evaluate the perfor-
mance of noise reduction schemes in hearing aids [5]. Wu
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and Bentler used a similar approach to measure directivity of
hearing aids with adaptive beamforming schemes [7]. In their
work, they played back the two signals from two speakers,
one with fixed position to the rotating hearing aid (thejam-
mer signal) and one fixed to the room (theprobe signal). In
their setup, the main task was to alter the directional pattern
as least as possible, thus they used a much lowerprobe signal
than thejammer signal, and in later works even impulses as a
probe [8].

Contrary to their target, however, we want to evaluate
the perceived effect of all adaptive algorithms such as adap-
tive beam formers and Wiener-filter based signal enhance-
ment techniques. We want to estimate in a real-world con-
dition the signal enhancement that real hearing aids provide.
In technical terms, this is covered best by the influence on

• The target signalur(n, φu), originating from a defined
direction of focus, e.g. directly frontalφu = 0◦.

• The interfering signalvr(n, φv), originating from other
directions.

As it is common for directivity evaluation in hearing aids
to show attenuation over angle (in polar plots), we propose
to measure the ratio of target and interferer signal for each
interferer angleφv separately. Using theDFT for time to fre-
quency transformation withn → f , we define theInterferer
To Target Ratio (ITR) as:

ITR(f, φv) = 10 log10
‖DFT {vr(n, φv)}‖

2

‖DFT {ur(n, φu = 0◦)}‖
2 . (5)

Thus our method allows us to evaluate three metrics, the effect
on the moving interferer, the effect on the static target, and the
effect on the difference, i.e. the ITR which is the inverse SNR
improvement of an algorithm.

3. MEASUREMENT SETUP

3.1. Setup and Procedure

For the experiment, nine Genelec 8030 speakers with equal
settings and calibration were used, all located in a low-
reverberant lab room. The devices under test were placed
on a KEMAR manikin, that was placed on a rotor that can be
automatically controlled using a USB interface. The speak-
ers were connected to a 8-channel-RME Hammerfall DSP
Multiface card, the 9th channel being the headphone jack. In
the first run, the target signal is always played back from the
speaker at0◦ (see Figure 1). The interfering signal direction
changes sequentially, using all eight speakers located at the
multiples of45◦. For the second run, the KEMAR is rotated
to 22.5◦ and the target signal is played back from the speaker
at22.5◦. Subsequently, the whole procedure is repeated. This
way, we getM = 16 measurements, corresponding to all
angles in22.5◦ steps.

180

0

90270

Fig. 1. Measurement setup as applied here. The loudspeaker
at22.5◦ was used to extend the angular resolution.

3.2. Choice of Stimulus Signal

For directionality measurements, two kinds of signals are
commonly used: Sine sweeps are good for detecting nonlin-
earities, while noise signals are more robust to interferences.
Wu and Bentler used white noise for both probe and jammer
signals. This has the advantage of driving the polar pattern
at all frequencies simultaneously. These stationary signals,
however, are not capable of reflecting the performance of
quickly adapting spatial processing schemes and might trig-
ger stationary noise reduction, even for the target signal.
Furthermore, there are speech-like signals, which mimic tem-
poral and frequency behavior of speech [9]. However, since
hearing aids are optimized to real speech signals, we found
a real speech signal to be most accurate for this task. The
international speech test signal (ISTS) [10] contains speech
of many languages, and is thus a good candidate for this task.
The ISTS signal has frequency components up to 16 kHz, and
above 4 kHz even more power than the ICRA 5 noise [10].

Furthermore, since many hearing aids provide an omni-
directional characteristic in situations without background
noise, i.e. in situations where a noise floor is very low, we
added low-level stationary pink noise to both speech signals,
in order to activate directional processing at all.

3.3. Devices and Settings

For evaluation three different high-end devices from threedif-
ferent manufactures were chosen. Two of them provided bin-
aural signal processing based on bidirectional wireless audio
signal transmission. For comparison we decided to check
three different directional modes just as they are proposedby
the fitting software of the manufacturers:

1. Omnidirectional for calm environments,

2. Monaural Directivity for noisy conditions,

3. Binaural Directivity for noisy conditions.

In order to fulfill the assumptions from Section 2 and to re-
sult in a good approximation of interferer and target signal
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according to the equations 3 and 4, we disabled any means of
feedback cancellation. The gain settings were taken as pro-
posed for a flat hearing loss, however we checked, that the
overall output level would not result in any saturation or clip-
ping. Furthermore we disabled the dynamic compression as
far as possible to achieve a linear behavior of the hearing aids.
Anything else was left unchanged as proposed by the respec-
tive manufacturers.

3.4. Accuracy and Initialization

Despite the linearized settings, it was still possible to observe
non-linear signal alterationse1/2(n) in speech pauses, espe-
cially for the binaural mode of Device A. We therefore de-
cided to add an initial test-run without target signalu(n) in
order to evaluate the performance of the superposition ap-
proach. This way we were able to monitor both, the time un-
til the hearing aids were in a stable (initial) state for repeated
playback, as well as the amount of remaining non-linear sig-
nal alterations. Withu(n) ≡ 0 we expectur(n) ≡ 0. Thus,
using equation 1 and 2 we can estimate the relative measure-
ment error to be

(e1(n) + e2(n))
2

vr(n)2
≈

u(n,φ)≡0

(ar(n) + br(n))
2

(ar(n)− br(n))
2 . (6)

In order to achieve a good measurement accuracy, we intro-
duced an onset timetonset for all measurement runs and eval-
uated the total measurement accuracyµ as the mean power
square value of the current measurement accuracy in between
this onset time and the measurement end forφ = 0◦.
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Dev. B, mon. dir. (µ=-25.35 dB)

Dev. C, mon. dir. (µ=-25.45 dB)

Dev. A, bin. dir. (µ=-14.33 dB)

Dev. B, bin. dir. (µ=-23.80 dB)

Fig. 2. Estimation of the relative measurement error as of
equation 6 for0◦ over time for the three different devices. The
mean valuesµ were calculated fromtonset= 20 s to the signal
end and will indicate the measurement accuracy hereinafter.

4. MEASUREMENT RESULTS

4.1. Behavior of the Target Signal

One major benefit of the method proposed here is, that any
undesired alterations of the target signal can be checked too.
This was done as depicted in Figure 3 atf = 1kHz by plot-
ting the0◦ target signal level as a function of the interferer an-
gleφv. There is a slight tendency towards more target signal
alterations while suppressing the interferer for more complex
directional modes, but all deviations are below0.8 dB.
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Fig. 3. Normalized level of the0◦ target signal atf = 1kHz
for the devices and directional modes proposed in Section 3.3.
The circular shape gives a good indication, that the target is
not affected while the simultaneous interferer is attenuated.

4.2. Interference to Target Ratio

The most interesting result is the attenuation of the interferer
signal compared to the target signal, as depicted in Figure 4
in form of the ITR introduced in equation 5. And due to the
method and signals chosen here, this is not only a technical
measurement, but also a true use-case, which reflects the ef-
fect perceived by the hearing aid wearer.
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Fig. 4. Corresponding interferer to target ratios (ITR) for the
devices and modes from Figure 3 forf = 1kHz. Solid line is
the ITR measurement, dashed line is the accuracy limitµ as
measured according to Figure 2.

Figure 4 also shows the limitations of this approach. The
binaural directivity measurements of Device A around210
degrees are in the order of magnitude of the estimated mea-
surement errorµ. However, asµ was estimated for the worst
case situation of0◦ the measurement can still be considered
plausible.
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4.3. Repeatability

We performed 20 consecutive measurements of the same con-
dition in order to evaluate the repeatability. As shown in Fig-
ure 5, standard deviations were small, mean over all channels
and angles was0.15dB. The results are in a order comparable
to that found by Wu and Bentler [8].
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Fig. 5. Standard deviation ofN = 20 consecutive ITR mea-
surements of Device B in monaural directional mode. Maxi-
mum deviations from the mean values was below 1dB.

4.4. Comparison to other Approaches

In order to justify the extended effort spent for the proposed
method, we compared the results to simpler approaches. In
detail, we skipped the target speaker and tested two signal
types for the interferer: the proposed ISTS speech signal and
pure noise with identical spectral shaping.
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Fig. 6. Level of the interferer signal for Device A and B in
monaural directivity atf = 1kHz for three different measure-
ment modes. The first as proposed here with simultaneous
target and interfering speech. The second and the third with
interfering speech resp. noise only.

The resulting level of the interfering signal for the dif-
ferent measurement methods is depicted in Figure 6. One
can clearly see significant differences of the devices behavior.
When there is no target signal, the devices apply more noise
reduction for signals coming from the rear. Furthermore, both
devices clearly separate in-between speech signals and sta-
tionary noise, via an additional overall attenuation. As the

Dev. A Dev B. Dev. C

omni -2.07 dB -1.57 dB -0.98 dB
monaural directivity 5.09 dB 5.58 dB 3.12 dB
binaural directivity 5.12 dB 9.09 dB n.a.

Table 1. Articulation based sequential directivity index
(sAIDI) for the devices and modes measured in Figure 4.

proposed method is close to real use-cases we can expect it to
be the best match to the perceived effect for hearing aid users.

5. CONSTRUCTION OF A DIRECTIVITY INDEX

The so calledDirectivity Index (DI) is a well-established stan-
dard for evaluation of directionality in hearing aids [11].The
ITR achieved with this method closely resembles the data re-
quired for the DI. However, for the DI it is assumed, that
the measurements for the distinct directions can be linearly
summed up, requiring effectively a fully spatially diffusesce-
nario. Contrary to this prerequisite, adaptive spatial process-
ing schemes in modern hearing aids are utilizing the spatial-
temporal sparseness of sound fields – in our case resembled
by a sequential presentation of interfering signals.

Yet the effects achieved by current algorithms yield an in-
crease in speech intelligibility [12]. The method presented
here tries to account for these benefits. We propose to intro-
duce the so calledsequential Directivity Index (sDI) analogue
to the definition of the DI as

sDI(f) = 10 log10









1

π
2M

M
∑

m=1
10ITR(f,φm)/10 · |sin(φm)|









.

(7)
The DI is commonly weighted using thearticulation in-

dex (AI), to calculate a broadband figure indicating the impact
of the directivity on speech signals (see [11]). Using the same
definition for thesequential DI, we result in thesequential
AI DI, which gives a good overview of the directivity of the
measured modes as it can be seen in Table 1.

6. SUMMARY

In this paper we presented a new approach for reliably as-
sessing the directivity of state of the art binaural hearingaids.
The proposed method can handle the measurement objects as
black boxes and does not rely on any assumed internal func-
tionality, as it resembles closely a valid use-case scenario for
any hearing aid. We introduced means to automatically eval-
uate the measurement performance in order to avoid miss-
leading conclusions. The method may also be very useful
for objective evaluations of both, directional processingand
noise reduction. The sAIDI provides an easy way to compare
the different approaches.
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