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Objective: The performance of an adaptive beam-
former in a 2-microphone, behind-the-ear hearing
aid for speech understanding in noisy environ-
ments was evaluated. Physical and perceptual eval-
uations were carried out. This was the first large-
scale test of a wearable real-time implementation of
this algorithm. The main perceptual research ques-
tions of this study were related to the influence on
the noise reduction performance of (1) the spectro-
temporal character of the jammer sound, (2) the
jammer sound scene, (3) hearing impairment, and
(4) the basic microphone configuration in the hear-
ing aid. Four different speech materials were used
for the perceptual evaluations. All tests were car-
ried out in an acoustical environment comparable
to living room reverberation.

Design: The adaptive beamformer was implemented
in Audallion, a small, body-worn processor, linked
to a Danasound 2-microphone behind-the-ear aid.
The strategy was evaluated physically in different
acoustical environments. Using speech reception
threshold (SRT) measurements, the processing was
evaluated perceptually and the different research
questions addressed with three groups of subjects.
Groups I, II, and III consisted of 10 normal-hearing,
5 hearing-impaired, and 7 normal-hearing persons,
respectively. The tests were carried out in three
spectro-temporally different jammer sounds (un-
modulated and modulated speech weighted noise,
multitalker babble) and in three different noise
scenarios (single noise source at 90°, noise sources
at 90° and 270° relative to speaker position, diffuse
noise scene). Two microphone configurations were
compared: a device equipped with two omnidirec-
tional microphones and a device equipped with one
hardware directional and one omnidirectional mi-
crophone. In each of these conditions, the adaptive
beamformer and the directional and omnidirec-
tional microphone configurations were tested.

Results: The improvement in signal-to-noise ratio
from the use of the adaptive beamformer did not
depend on the spectro-temporal character of the
jammer sounds and the speech materials used, al-
though the absolute levels of the SRTs varied appre-
ciably for different speech-noise combinations. The

performance of the adaptive noise reduction de-
pended on the jammer sound scene.

Conclusions: No difference in signal-to-noise ratio
improvement was observed between hearing-im-
paired and normal-hearing listeners, although indi-
vidual SRT levels may differ. On average, an SRT
improvement of 7.7 and 3.9 dB for a single noise
source at 90° and 5.9 and 3.4 dB for two noise
sources at 90° and 270° was obtained for both nor-
mal-hearing and hearing-impaired listeners, using
the adaptive beamformer and the directional micro-
phone, respectively, relative to the omnidirectional
microphone signal. In diffuse noise, only small im-
provements were obtained.

(Ear & Hearing 2004;25;215–229)

Hearing-impaired listeners have great difficulty
understanding speech when there is a noisy back-
ground. They require a signal-to-noise ratio (SNR)
about 5 to 10 dB higher than normal-hearing listen-
ers to achieve the same level of speech understand-
ing (Plomp, 1986). To compensate for this difference,
several noise reduction strategies with one or mul-
tiple microphones have been developed.

For single microphone approaches, a noise reduc-
tion system in hearing aids is typically based on a
hardware directional microphone. Some studies
showed that the directional microphone gave a
speech reception threshold (SRT) improvement of
about 3 dB in difficult listening conditions (Hawkins
& Yacullo, 1984; Leeuw & Dreschler, 1991). With
other methods, such as spectral subtraction or Wie-
ner filtering, an improvement in physical SNR was
found, but a similar improvement of the speech
reception thresholds was not observed (Levitt, Neu-
man, Mills & Schwander, 1986).

For multiple microphone approaches, there are
fixed and adaptive beamformers. Fixed beamform-
ers focus on a target direction independent of the
interfering signals. Based on the hardware direc-
tional microphone strategy, software directional mi-
crophones were applied (Thompson, 1999). This
method used two omnidirectional microphones as
the front and the rear entry port of the directional
microphone. An improvement in the SRT of about 3
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dB was obtained (Wouters, Litiere & van Wieringen,
1999). Soede, Bilsen & Berkhout (1993) obtained a
SRT improvement of 7 dB with an end-fire array
configuration (an end-fire array has its microphones
colinear with the target direction), with 5 cardioid
microphones spaced on a 10 cm long array, as
compared with an omnidirectional microphone sys-
tem. Similar approaches to the Soede et al. strategy
were investigated (Cox, Zeskind & Owen, 1987;
Desloge, Rabinowitz & Zurek, 1997; Hoffman, Trine,
Buckley & Van Tasell, 1994; Kates, 1993), and
comparisons in reverberant conditions between
these different methods showed significant improve-
ments of speech intelligibility in noise (Desloge et
al., 1997; Kates & Weiss, 1996; Saunders & Kates,
1997).

Adaptive beamformers are mainly based on adap-
tive noise cancellation (ANC) (Widrow & Stearns,
1985). Several extensions of this algorithm have
been developed and evaluated (Greenberg & Zurek,
1992; Kompis & Dillier, 2001a; Kompis & Dillier,
2001b; Welker, Greenberg, Desloge & Zurek, 1997).
In these applications, the dimensions of maximal
intermicrophone distances were beyond the dimen-
sions of a single behind-the-ear (BTE) hearing aid
and most applications used PC computing power.
Based on work by Van Compernolle (1990), Vanden
Berghe and Wouters (1998) developed a 2-stage
adaptive beamformer for dual-microphone BTE
hearing aids. A 5 dB perceptual improvement of
speech understanding in noise was obtained, rela-
tive to the effect of one hardware directional micro-
phone. The system was optimized (Wouters, Vanden
Berghe & Maj, 2002), and a significant improvement
in the SRT of about 10 dB was measured relative to
a hardware directional microphone for patients with
hearing aids and cochlear implant (Wouters &
Vanden Berghe, 2001; Wouters et al., 2002). These
evaluations were carried out only with a few sub-
jects and with one jammer sound source (in a mod-
erately reverberant room), with hearing aids posi-
tioned on a mannequin.

In the present study, the performance for speech
understanding in noisy environments of the 2-stage
adaptive beamformer in a 2-microphone BTE hear-
ing aid was evaluated relative to a directional and
an omnidirectional microphone. Physical and per-
ceptual evaluations were carried out. This was the
first large-scale evaluation of this noise reduction
algorithm implemented in a wearable real-time dig-
ital signal processor (DSP). The main perceptual
research questions were related to the influence on
the noise reduction performance of (1) the spectro-
temporal character of the jammer sound, (2) the
jammer sound scene, (3) hearing impairment, and
(4) the basic microphone configuration in the hear-

ing aid. To carry out this evaluation, four different
speech materials, three different jammer noise
sounds, three jammer sound scenes and two micro-
phone configurations were used. Three groups of
subjects took part in this study; in total, 1368 SRT
measurements were performed. All tests were car-
ried out in an acoustical environment comparable to
living room reverberation.

METHODS

Noise Reduction Strategy

The noise reduction strategy, namely a 2-stage
adaptive beamformer, is depicted in Figure 1. The
2-stage adaptive beamformer is based on ANC (Wid-
row & Stearns, 1985) in the second stage and at-
tempts to model noise during noise periods and
subtracts noise from speech-plus-noise when speech
is present. A speech detection algorithm was imple-
mented to decide whether the signal contained
speech plus noise or noise alone.

The sum and subtraction in the first stage was
based on the scheme of Griffiths and Jim (Griffiths
& Jim, 1982) and improved the noise reference of the
ANC. Van Compernolle (1990) introduced a first
adaptive filter, which adapted when desired speech
was present, to model the position of the speaker
and so improved the noise signal estimate in the
noise reference. However, this procedure might have
robustness problems. For example, it might con-
verge to a wrong direction when different speakers
were around the listener or if loud noise was incor-
rectly detected as speech by the speech detection
algorithm. Thus, assuming that the speaker was
always in front of the listener (at an angle of 0°), the
first filter of the 2-stage adaptive beamformer was
kept fixed.

To determine the coefficients of the first filter, an
unmodulated signal based on the multilanguage
long-term average speech spectrum (LTASS) from
the ICRA compilation (International Collegium of
Rehabilitative Audiology Reference Note 2) was
used. This ICRA signal was a white noise filtered in
close accordance with the LTASS (Byrne, Dillion &
Tran, 1994). The ICRA signal used was unmodu-
lated noise representative of a male weighted ideal-
ized speech spectrum with a normal effort (ICRA
Reference Note 2). In anechoic conditions, this sig-
nal was presented by a loudspeaker one meter in
front of the mannequin with the hearing aid. The
first filter’s coefficients were adapted by means of a
normalized least mean squares procedure (NLMS)
(Haykin, 1996), and the adaptation was stopped
after a few seconds. The obtained coefficients were
used to create the fixed first filter. In anechoic
condition, the shapes of the polar diagrams at the
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speech references (Fig. 1, a and b) corresponded to a
cardioid-like spatial characteristic (null at 180°) for
both types of hearing aids. Independent of the spa-
tial characteristic of the directional microphone, the
shape of the polar diagram at the noise reference
was a cardioid-like spatial characteristic, which was
focused to the back hemisphere (null at 0°).

The sizes of the filters were 10 and 30 coefficients,
respectively, for the first and the second filter. The
delays allowed a noncausal response of the filters,
and their values were half of the size of the corre-
sponding filters. The second filter was an adaptive
filter, which used an NLMS procedure. The delay
between the input and the output of the 2-stage
adaptive beamformer (�1 msec) was not expected to
influence lip-reading performance (Stone & Moore,
2002).

Experimental Setup

In this study, the physical and the perceptual
evaluation of an omnidirectional microphone, a
hardware directional microphone, a software direc-
tional microphone (based on a dual-microphone
technique), and the output of the 2-stage adaptive

beamformer were carried out. These evaluations
were performed with a wearable research platform
and two types of hearing aids in a reverberant room.

The two-stage adaptive beamformer strategy was
implemented in a wearable research DSP platform,
called Audallion. The Audallion platform has been
used before in other wearable DSP implementation,
as the Audallion Beamformer, which was used for
cochlear implant users. However, our beamformer
strategy differed from the strategy used in the
Audallion Beamformer (Schweitzer, Terry & Grim,
1996; Schweitzer, 1997; Figueiredo, Abel & Papsin,
2001). The Audallion was connected to a BTE hear-
ing aid and allowed the processing of two micro-
phone signals with a DSP combined with a 16 bit
analog-to-digital and digital-to-analog converter.
The sampling rate was 31.25 kHz at analog-to-
digital, downsampled to 15,625 Hz. The DSP was a
Motorola-56009 with a processor speed of 32 MHz
(16 MIPS).

The size of the Audallion was 45 � 80 � 15 mm
and could easily be worn in a pocket. The listener
could check the volume of the linear amplification
and had the choice between three different signals:

Fig. 1. Representation of the complete noise reduction strategy for hearing aids OO and DO. The noise reduction is a 2-stage
adaptive beamformer that models noise during the noise alone period and subtracts noise from speech and noise when speech
is present. (a) With hearing aid OO, 2 omnidirectional microphones, spaced by 2 cm, allow the creation of a software directional
microphone. The rear omnidirectional microphone and the software directional microphone are connected to the 2-stage
adaptive beamformer. (b) With hearing aid DO, one hardware directional microphone and one omnidirectional microphone are
connected to the 2-stage adaptive beamformer.
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the omnidirectional microphone signal, the direc-
tional microphone signal, and the output of the
2-stage adaptive beamformer.

Two types of BTE hearing aids, referred to as OO
and DO, were tested. They had two different micro-
phone configurations. Both hearing aids had a Dan-
avox-163D housing, linear amplification, and no
compression or feedback systems.

The OO type had two omnidirectional microphones
(Knowles EM4368) that were mounted in an end-fire
array configuration spaced 2 cm apart (Fig. 2a). A
software directional microphone with two omnidirec-
tional microphones was implemented (Thompson,
1999). The software directional microphone output
signal was the difference between the signal from the
front microphone and the delayed-weighted signal of
the rear microphone. The microphone parameters
were interport distance d, the internal delay �, and the
frequency-dependent weight for the back port w(f) �
a.e�j2�f�. The delay � and the weight a were chosen to
give a hypercardioid (null at 110°) spatial characteris-
tic in an anechoic condition for speech-weighted noise.
The software directional microphone and the rear
omnidirectional microphone signal were the inputs to
the 2-stage adaptive beamformer (Fig. 1a).

The DO type had one hardware directional micro-
phone (Knowles EL3077) and one omnidirectional
microphone (Knowles EL3346). The hardware direc-
tional microphone had a cardioid spatial character-
istic (null at 180°) in the anechoic condition for a
speech-weighted noise. The hardware directional
microphone and the omnidirectional microphone
signal were the inputs to the 2-stage adaptive beam-
former (Fig. 1b).

The front omnidirectional microphone of OO and
the omnidirectional microphone of DO had the same
position on the hearing aid (Fig. 2). These omnidi-

rectional microphones were always taken as the
reference for the physical and the perceptual
evaluations.

For the physical and the perceptual evaluation,
the same test room was used. This room had a
volume of 70 m3. The reverberation time (T60) of the
room was obtained for 12 different positions of a
loudspeaker for an unmodulated speech-weighted
noise. The mean of T60 for the 12 positions (and the
standard deviation) is presented in Figure 3 for 16
one-third octave bands at frequencies from 125 Hz to
4000 Hz. With the full-band speech-weighted noise,
an average T60 of 0.76s was obtained. The critical
distance, which was measured with a sound level
meter (Bruel & Kjær 2260 Investigator), was about 1
meter. From a loudspeaker, which presented a
speech-weighted noise, the sound pressure level
was measured as a function of the distance from
the speaker. At the critical distance, the direct
and the reflected sound were equal. A reference
point in the room was defined where, for physical
measurements, the center of the head of the man-
nequin, the hearing aid in stand alone configura-
tion and, for perceptual measurements, the center
of the head of the subject was positioned.

In the test room, three loudspeakers (Yamaha
CBX-S3) were used for the speech and discrete
noise sources: one for the speech signal in front of
the subject at 0° and two for noise signals at 90°
(side of the hearing aid) and at 270° (the side
opposite the hearing aid). The loudspeakers were
calibrated separately to obtain the same sound
level for each loudspeaker at the reference point
(defined above). The middle of the loudspeakers
was at the same height as the hearing aid of the
subject (140 cm), and the distance between each
loudspeaker and the middle of the subject’s head
was 1 meter. For noise scenarios with more than
one spectrally identical jammer noise, the pre-
sented sources were uncorrelated.

Fig. 2. View from above of the two types of hearing aids. (a)
Hearing aid OO has two omnidirectional microphones, one
as front microphone and the other one as the rear micro-
phone. (b) Hearing aid DO has one hardware directional
microphone as front microphone and one omnidirectional
microphone as rear microphone. Signals of the omnidirec-
tional microphone of DO and the front omnidirectional
microphone of OO serve as references for the physical and
the perceptual evaluation.

Fig. 3. Reverberation time (T60) in the reverberant room
calculated for 12 different positions of a loudspeaker for an
unmodulated speech weighted noise. Means and the standard
deviations for 16 center frequencies from 125 Hz to 4000 Hz
of the one-third octave band are represented. With the
full-band speech-weighted noise, an average of 0.76 sec is
obtained for the T60.
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In the control room, a second room, the speech
signals were output by a computer sound card
(Sound Blaster 16 bits) and the noise signals by a
SONY CD991 CD player. Afterward, for amplifica-
tion purposes and intensity control, the speech sig-
nal was sent through a MADSEN OB822 audiome-
ter (channel right), the noise at 90° through a
MADSEN OB822 audiometer (channel left), and the
noise at 270° through an AMPLAID 309 audiometer
(channel right).

For the diffuse noise test, the approach of Veit
and Sander (1987) was applied. Eight loudspeakers
sent out an uncorreleted speech-weighted noise sig-
nal, and the sound level of each loudspeaker was
adjusted to have the same power level (61 dB SPL)
at the reference point. With the 8 loudspeakers
together, a sound level of 70 dB SPL was obtained.
The reverberation of the test room was also in-
creased to T60 � 0.88 sec (for a speech-weighted
noise) and the critical distance was approximately
0.8 meters. The same sound level (�0.5 dB) was
obtained in a cube of 50 cm around the reference
point. Compared with tests performed in moderately
reverberant conditions, tests carried out in diffuse
noise are a kind of model of most adverse listening
environment. For instance, the tests in moderately
reverberant conditions and in a diffuse noise could
refer to improvements obtained in a living room and
in a very reverberant conference room respectively.

Physical Evaluations

The physical performance of the system was eval-
uated in two parts. The first part involved acoustic
measurement in an anechoic chamber with the hear-
ing aids in stand-alone configuration. These mea-
surements were used to calculate a directivity index
(DI) and construct speech intelligibility weighted
polar diagrams. The second part consisted of per-
forming the evaluation in a reverberant chamber
(described above) with the hearing aids mounted on
a mannequin. Intelligibility-weighted polar dia-
grams and transfer functions of speech and noise
signals were calculated.

In the anechoic condition, the recordings were
made with an ICRA signal, an unmodulated noise
representative of male weighted idealized speech
spectrum at normal effort (ICRA Reference Note 2).
In reverberant conditions, a stationary speech-
weighted noise of the Dutch sentences spoken from a
male speaker, the same as that used in the percep-
tual evaluation, was used for the recordings. In both
conditions, the signals were sent through a loud-
speaker located at 1 meter in the azimuth plane of
the hearing aid (in stand-alone) or the center of the
head of the mannequin. The signals at the micro-

phones of the hearing aids were recorded for differ-
ent locations of the loudspeaker, corresponding to
angles between 0° (the end-fire angle) and 360° in
steps of 15°. The end-fire angle 0° was taken as the
reference angle. The level at the loudspeaker was
adjusted to get a sound level of 70 dB SPL at the
reference point.

The signals of the omnidirectional microphones
and the directional microphones (software and hard-
ware) were directly accessible. The signal of the
2-stage adaptive beamformer changed with the adap-
tation of the second filter. To carry out the physical
evaluation of the noise reduction algorithm, the coef-
ficients were adapted on the noise signal until conver-
gence and then they were kept fixed. Afterward, the
reference signal (at 0°) and noise signals were filtered
separately with the fixed coefficients. These two sepa-
rate filtered signals were used for the physical evalu-
ation of the 2-stage adaptive beamformer.

The DI (Beranek, 54) is an often-used measure of
the performance of a directional microphone config-
uration and noise reduction schemes in hearing aids
(Desloge et al., 1997; Ricketts, 2000a). It has been
shown previously that the DI has a strong link with
the prediction of the improvement of the speech
intelligibility in noise (Ricketts, 2000a). With �, the
azimuth coordinates and � the elevation coordi-
nates, the directivity index equals

DI(f) � 10.Log�
4� � �P(f,0,0)�2

�
0

2� �
0

�

�P(f,�,�)�2 � �sin �� � d��d��
where the |P(f,�,�) |2 is the magnitude of the mean
squared sound pressure, at frequency f, of the output
signal of the hearing aid when the sound source is
located at the coordinate (�,�). If symmetry is as-
sumed in the vertical plane and there is reasonable
symmetry around the horizontal plane, the DI can
be calculated from only the |P(f,�,� � 0)|2 values
recorded at discrete angles of the horizontal plane by
using the following formula (Beranek, 1954; Rick-
etts, 2000a):

DI(f) � 10.Log�
8� � 57.3° � �P(f,0,0)�2

2� � �
i�1

180°/��

�P(f,�i,� � 0�2.�sin�i� � ���
where the fs are the 16 center frequencies from
160 Hz to 5000 Hz of the one-third octave bands.
An intelligibility weighted version of the DI can be
defined as:
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DIAI � �
i�1

k

Ii � DIi

where Ii are the weights for the importance of the
i-th third octave band (ANSI Reference Note 1).

The polar diagrams show the intelligibility
weighted SNR, which is defined as

SNRSII � �
i�1

k

Ii � Ai � SNRi

where SNRi is the signal-to-noise ratio measured (in
dB SPL) in the i-th third octave band. Ii and Ai are
the weights for the importance of the band and the
audibility function, respectively, as described by the
speech intelligibility index SII (ANSI Reference
Note 1). The weights Ai were calculated in accor-
dance with the SII procedure for one-third octave
bands and for the standard speech spectrum level at
the raised vocal effort (68.3 dB SPL) (ANSI Refer-
ence Note 1). This speech spectrum level was chosen
because of the sound power level of the loudspeaker
during the recordings (70 dB SPL).

As introduced by Greenberg (Greenberg et al.,
1993), the intelligibility-weighted gain in SNR, GSII,
could be determined. The GSII was estimated be-
tween the input (the omnidirectional microphone)
and the output, that is, the directional microphone
(software or hardware) or the output of the 2-stage
adaptive beamformer:

GSII � SNRSII, output � SNRSII, input

To analyze the influence of the 2-stage adaptive
beamformer on the speech and the noise signal

during processing, the transfer functions, between
the directional microphones and the output of the
2-stage adaptive beamformer for the hearing aids
OO and DO, were calculated.

Perceptual Evaluations

The main perceptual research questions of this
study were related to the influence on the noise
reduction performance of (1) the spectro-temporal
character of the jammer sound, (2) the jammer
sound scene, (3) hearing impairment, and (4) the
basic microphone configuration in the hearing aid.
These research questions were addressed by using
SRT measurements of three different subject groups
(I, II, and III) consisting of 10 normal-hearing, 5
hearing-impaired, and 7 normal-hearing persons,
respectively. Table 1 gives an overview of the differ-
ent tests that the three subject groups performed.
The tests of the omnidirectional microphone, the
directional microphone, and the 2-stage adaptive
beamformer of hearing aids OO and DO were car-
ried out in three spectro-temporally different jam-
mer sounds (SW: unmodulated speech weighted
noise, ICRA: modulated speech weighted noise, and
Babble: multitalker babble) and in three different
noise scenarios (single noise source at 90°, noise
sources at 90° and 270° relative to speaker position,
diffuse noise scene). Four speech materials were
used: sentences and number lists both from a male
speaker and a female speaker.

Subjects

Three groups of subjects participated in these
measurements. Group I consisted of 10 normal-

TABLE 1. Overview of the different tests performed by three subject groups

Group
Hearing

aid
Noise
config.

Noise
material

Man/
sentences

Woman/
sentences

Man/
numbers

Woman/
numbers

I OO 90° SW � � � �
ICRA � � � �
Babble � � � �

OO 90°/270° SW � �
ICRA
Babble � �

II OO 90° SW � � � �
ICRA � � � �
Babble � � � �

OO 90°/270° SW � �
ICRA
Babble � �

III OO Diffuse SW � � � �
ICRA
Babble

DO 90° SW � � � �
ICRA
Babble

SW � unmodulated speech weighted noise; ICRA � modulated speech weighted noise; Babble � multitalker babble.
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hearing listeners. Their ages ranged from 21 to 26 yr
(mean of 22 yr) and their pure tone thresholds were
less than or equal to 15 dB HL in the 250 Hz to 8
kHz range.

Group II consisted of 5 hearing-impaired subjects.
They were experienced hearing aid users and had
pure tone average (1 to 2–4 kHz) thresholds of 60,
45, 35, 55, and 53 dB HL at the tested ear with a
sloping hearing loss. They were selected from the
patient population at the Ear Nose and Throat
department of the K.U. Leuven University Hospital.
Their ages varied from 25 to 62 yr (mean of 50 yr).
Their impairment was purely sensorineural, and in
the SRT measurements the specific hearing loss was
not compensated for in the amplification.

For group III, 7 normal-hearing listeners partici-
pated. Their ages ranged from 21 to 40, with a mean
of 27 yr, and their pure tone thresholds were less
than or equal to 15 dB HL in the 250 Hz to 8 kHz
range. Group III did not perform the same tests at
the same time as group I. To avoid eventual fatigue
and/or training effects in the data, two different
groups of normal-hearing listeners participated in
this study. Also, group III did not perform the same
tests as group I (Table 1), and, not all conditions
could be measured within the same group because of
the limited availability of lists of the speech
material.

The perceptual evaluation was carried out in
monaural configuration, and the non–test ear was
acoustically blocked by an individualized deep and
closed earmold. With the Audallion, the overall level
of the presented signals was adjusted to the most
comfortable level. This level was kept fixed for all
measurements.

Test Materials

To measure the SRT, an adaptive procedure was
used (Plomp & Mimpen, 1979). The adaptive proce-
dure adjusted the level of the speech material to
extract the 50% speech recognition level, the SRT.
The first sentence or number of a speech list was
repeated with increasing level until the subject
correctly identified it. Once this level was deter-
mined, every other sentence or number of the list
was subsequently presented only once at a level
lower or higher, depending on the former item being
identified correctly or not. The step size for each
speech material was 2 dB. To determine the SRT,
the levels of the last 7 and 10 responses of a list of 10
numbers and 13 sentences, respectively, were aver-
aged. The two noise sources were fitted separately,
to get a constant sound level at the reference point.
Thus, a sound level of 65 dB SPL and 68 dB SPL was

obtained with one noise and two noise sources,
respectively.

Sentences and numbers spoken by male and fe-
male voices were used as speech materials, and,
unmodulated speech weighted noise (with the iden-
tical spectrum as the corresponding speech mate-
rial), ICRA speech-modulated noise, and multitalker
babble were used as noise materials.

The sentence speech materials were the Dutch
sentences developed by Versfeld (2000). These sen-
tences were an extension of the materials used by
Plomp and Mimpen (1979) to measure speech recep-
tion thresholds. Seventy-eight lists were available
(39 spoken by a female talker and 39 by a male
talker), and each list contained 13 sentences. The
number speech materials used in this study were
recorded by 4 speakers (2 male and 2 female), and
consisted of 40 different lists (10 per speaker) of 10
different numbers in random order. Each list had
one number from each decade in every list. The
recording and digital processing of this material was
carried out identically to the development of the
2-syllable word lists (Wouters, Damman & Bosman,
1994). The number lists were evaluated in 3 steps by
normal-hearing subjects for intelligibility-in-noise
tests. After each evaluation, the intensity of each
number was adjusted by a certain well-determined
amount, dependent on the individual intelligibility
score, to obtain an as similar as possible psychomet-
ric curve for all numbers. This was done with, in
general, smaller adjustments relative to the fixed
noise level in each step. Participants in this evalu-
ation study were presented all numbers of the dif-
ferent speakers at three different sound levels. This
procedure is similar to the equating of item difficulty
as described by Nilsson (1993). An analysis as de-
scribed by Versfeld (2000) was carried out for this
homogenization procedure. The final result was that
the SRT for these numbers 1 to 100 in speech noise,
weighted according to the spectrum of the numbers,
is �10.5 dB SNR, with a slope around the 50% point
of intelligibility of about 15% per dB.

One of the three test noises was unmodulated
speech noise weighted according to the spectrum of
the specific speech materials used. The two other
noises were modulated. The ICRA noise signal used
in this study was a combination of 6 random gaus-
sian noises that were speech-shaped modulated ac-
cording to the babble of 6 persons (ICRA Reference
Note 2). The speech modulations consisted of signals
of one female and one male talker, as well as two
other female and two other male talkers each at �6
dB relative to the first two talkers. The signals of all
6 speakers were 3-band speech modulated noise,
based on an idealized speech spectrum (Byrne et al.,
1994) and produced at normal effort (ICRA Refer-
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ence Note 2). The multitalker babble was taken from
the compact disk Auditory Tests (Revised) edited by
Auditec of St. Louis.

RESULTS AND DISCUSSION

Physical Evaluations

Figures 4 and 5 show the intelligibility-weighted
polar diagrams of both hearing aids OO and DO in
stand-alone configuration and in anechoic condi-
tions. As expected, the omnidirectional microphones
(Figs. 4 and 5) had the same sensitivity for all angles
and the software directional microphone (Fig. 4) had
a hypercardiod polar diagram. The hardware direc-
tional microphone had a cardioid polar diagram. The
polar diagrams of the output of the 2-stage adaptive
beamformer depended on the type of the hearing
aid. The polar diagram with the hearing aid DO
always presented a better noise reduction than the
hearing aid OO. In Figures 4 and 5, the patterns in
the top half and the bottom half were symmetrical.

The DI of each signal is presented in Figure 6.
The DI of an omnidirectional microphone was ex-
pected to be 0 dB for all frequencies. The measured
DIs of the omnidirectional microphones were be-
tween about �1 dB and �0.5 dB for the hearing aids
OO and DO, respectively, and were roughly the
same for all frequencies. These differences, between
the expected and the measured values and also

between the two omnidirectional microphones of
both types of hearing aid (OO and DO), were mainly
due to the position of the devices. Certainly, the
hearing aids were not positioned on the horizontal

Fig. 4. Intelligibility-weighted polar diagrams (in dB) of the
omnidirectional microphone, the software directional micro-
phone, and the adaptive beamformer of hearing aid OO.
Plotted values are relative to the angle of the direction of the
speech source (0°), when the signal-to-noise ratio at the
center of the head is 0 dB, measured on the basis of speech
noise in the stand alone configuration and in anechoic
conditions.

Fig. 6. Directivity index (DI, in dB) of both hearing aids OO
and DO of the omnidirectional microphones, the directional
microphones, and the output of the 2-stage adaptive beam-
former. Plotted values are relative to the angle of the direc-
tion of the speech source (0°), when the signal-to-noise ratio
at the center of the head is 0 dB, measured on the basis of
speech noise.

Fig. 5. Intelligibility weighted polar diagrams (in dB) of the
omnidirectional microphone, the hardware directional mi-
crophone, and the adaptive beamformer of hearing aid DO.
Plotted values are relative to the angle of the direction of the
speech source (0°), when the signal-to-noise ratio at the
center of the head is 0 dB, measured on the basis of speech
noise on the stand alone configuration and in anechoic
conditions.
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plane and at the same place for both measurements.
However, these differences were small, and the DIAI
equals �1 dB and �0.2 dB for the hearing aids OO
and DO, respectively.

The DI of the hardware directional microphone
was about 4 dB at low frequencies (160 to 1600 Hz)
and decreased slightly at higher frequencies. The
software directional microphone had low values of
the DI at low frequencies (below 800 Hz). Thompson
(1999) argued that it is necessary that the sensitiv-
ity of the two omnidirectional microphones of the
hearing aids be adequately matched in both magni-
tude and phase to use the software directional
microphone. Otherwise, this affects the performance
of the DI at low frequencies. Above 1000 Hz, the
software directional microphone was more direc-
tional than the hardware directional microphone.
The DIAI of the software directional microphone was
3.8 dB and the DIAI of the hardware directional
microphone was 3.7 dB.

The DI of the output signals of the 2-stage adap-
tive beamformer for both hearing aids showed a
similar pattern of performance, although the levels
differed. The DIAI of the output with hearing aid OO
was 5.6 dB and with the hearing aid DO was 10.7
dB.

The intelligibility-weighted polar diagrams, in
reverberant conditions, of the omnidirectional mi-
crophones of the hearing aids OO and DO on the

mannequin (Figs. 7 and 8) showed higher sensitivity
for the angles 0° to 180° in comparison with other
angles. These effects were mainly due to the head-
shadow effect. Compared with anechoic stand-alone
conditions (Figs. 4 and 5), the performance of the
software directional microphone (Fig. 7), the hard-
ware directional microphone (Fig. 8), and the output
signal of the 2-stage adaptive beamformer for both
types of hearing aids decreased and the polar depen-
dencies changed appreciably. For hearing aid OO
(Fig. 7) and DO (Fig. 8), the directional microphones
always performed better than the omnidirectional
microphones. The beamformer technique, for both
hearing aids, outperforms (or provided equal perfor-
mance for few angles) the directional microphones.
The difference in performance between the hard-
ware directional microphone and the software direc-
tional microphone depended on the location of the
noise source. The best performance was obtained
with the output signal of the 2-stage beamformer
with hearing aid DO.

In Figure 9, the transfer functions between the
directional microphones (software and hardware)
and the output of the 2-stage adaptive beamformer,
for speech at 0° and noise at 90°, are presented. On
the one hand, the transfer function for the speech
signal at 0° was approximately flat and about 0 dB
for both hearing aids. This means that the desired
signal was not distorted during the processing of the

Fig. 7. Intelligibility-weighted polar diagrams (in dB) of the
omnidirectional microphone, the software directional micro-
phone, and the output of the 2-stage adaptive beamformer of
hearing aid OO. Plotted values are relative to the angle of the
direction of the speech source (0°) when the signal-to-noise
ratio at the center of the head is 0 dB, measured on the basis
of speech noise on the mannequin and in reverberant condi-
tions (T60 � 0.76 sec).

Fig. 8. Intelligibility-weighted polar diagrams (in dB) of the
omnidirectional microphone, the hardware directional mi-
crophone, and the output of the 2-stage adaptive beamformer
of hearing aid DO. Plotted values are relative to the angle of
the direction of the speech source (0°), when the signal-to-
noise ratio at the center of the head is 0 dB, measured on the
basis of speech noise on the mannequin and in reverberant
conditions (T60 � 0.76 sec).
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adaptive beamformer. On the other hand, there was
an important attenuation of the noise signals relative
to the speech signals. However, this attenuation of the
noise signal was more important when the 2-stage
adaptive beamformer was used with the hearing aid
DO for the frequencies 160 to 2500 Hz, which were

crucial for speech understanding. The intelligibility-
weighted gain in SNR, GSII was calculated for this
sound scenario (speech at 0° and noise at 90°). Relative
to the omnidirectional microphone, GSIIs of 2.4 dB and
6.8 dB were obtained for the software directional
microphone and the adaptive beamformer with the
hearing aid OO, respectively. The GSII equaled 1.3 dB
for the hardware directional microphone and 11.4 dB
for the noise reduction algorithm relative to the omni-
directional microphone.

Perceptual Evaluations

Table 2 shows the improvements (in dB) of the
SRT relative to the omnidirectional microphone for
the 2-stage adaptive beamformer and the directional
microphone for both types of hearing aid OO and
DO. Every data cell corresponds to the mean (and
the standard deviation) of all subjects in one group
in each condition of the tests as defined in Table 1.
Columns 5 to 8 show the SRT improvements be-
tween the omnidirectional microphone and the
2-stage adaptive beamformer and columns 10 to 13
show the SRT improvements between the omnidi-
rectional microphone and the directional micro-
phone. This is presented for the 4 different speech
materials (sentences and numbers lists, spoken by
male and female speakers) and the 3 noise materials
(SW, ICRA, and Babble), the jammer sound scenes
(90°, 90°/270° and diffuse), and the 3 groups of
subjects (I, II, and III). The mean of all values for
each jammer sound scene of each group of subjects is
given in columns 9 (SRT improvements between the

TABLE 2. Average differences in speech reception threshold (in dB) for each group of subjects for directional microphone and
two-stage adaptive beamformer, respectively, compared with omnidirectional microphone for the different conditions

Hearing
aid

Noise
config.

Noise
material

Omnidirectional microphone–
Two-stage adaptive beamformer

Mean

Omnidirectional microphone–
Directional microphone

Mean
Male/

sentence
Female/
sentence

Male/
number

Female/
number

Male/
sentence

Female/
sentence

Male/
number

Female/
number

Group I OO 90° SW 8.7 (2.8) 7.6 (1.9) 7.2 (1.9) 8.2 (1.9) 4.4 (1.8) 3.7 (2.1) 1.5 (1.8) 2.5 (1.7)
ICRA 8.0 (2.0) 9.6 (2.5) 5.5 (2.4) 8.1 (2.8) 7.8 2.6 (3.1) 5.2 (2.4) 2.1 (2.5) 3.1 (1.6) 3.2
Babble 8.8 (1.8) 7.7 (1.9) 7.7 (2.2) 7.0 (3.4) (2.4) 5.0 (2.6) 2.7 (1.8) 2.1 (2.6) 3.0 (2.6) (2.4)

OO 90°/270° SW 6.7 (2.5) – 6.5 (3.1) – 4.7 (2.2) – 2.9 (2.4) –
ICRA – – – – 6.1 – – – – 3.5
Babble 6.4 (3.0) – 4.9 (3.4) – (3.0) 4.0 (2.0) – 2.4 (1.5) – (2.2)

Group II OO 90° SW 7.1 (2.9) 8.2 (4.0) 5.8 (2.8) 6.3 (2.1) 4.6 (1.8) 5.3 (2.5) 2.2 (2.8) 4.0 (3.7)
ICRA 8.8 (2.8) 6.2 (4.1) 6.4 (1.8) 8.6 (4.2) 7.5 5.0 (3.9) 4.6 (4.0) 4.3 (1.0) 4.5 (3.8) 4.6
Babble 8.4 (3.4) 9.0 (4.6) 7.4 (1.2) 7.4 (5.8) (3.4) 5.4 (3.5) 5.3 (3.9) 5.4 (3.2) 4.4 (3.0) (3.0)

OO 90°/270° SW 6.2 (2.8) – 6.0 (1.9) – 3.0 (2.9) – 2.9 (2.8) –
ICRA – – – – 5.8 – – – – 3.3
Babble 5.8 (2.9) – 5.2 (2.1) – (2.3) 4.2 (1.8) – 3.2 (2.4) – (2.4)

Group III OO Diffuse SW 2.5 (1.6) 2.8 (2.0) 3.8 (1.5) 1.2 (2.3) 2.6 1.5 (1.2) 2.4 (1.4) 2.3 (1.9) 1.1 (2.4) 1.8
(2.0) (1.8)

DO 90° SW 12.2 (1.5) 11.0 (2.3) 11.7 (3.3) 10.7 (2.4) (2.4) 3.3 (1.5) 3.7 (1.8) 3.0 (2.1) 1.7 (2.7) 2.9
(2.1)

Each value is the average across the group of subjects. Means of all values for different speech and noise test materials are given in columns 9 and 14.
SW � unmodulated speech weighted noise; ICRA � modulated speech weighted noise; Babble � multitalker babble.

Fig. 9. Magnitude (in dB) of the transfer function for speech-
weighted noise at 0°, for hearing aid OO and for hearing aid
DO, and speech-weighted noise at an angle of � 90° for
hearing aid OO and for hearing aid DO. These transfer
functions are between the software directional microphone
and the output of the 2-stage adaptive beamformer for
hearing aid OO and between the hardware directional mi-
crophone and the output of the 2-stage adaptive beamformer
for hearing aid DO.
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omnidirectional microphone and the output of the
2-stage adaptive beamformer) and 14 (SRT improve-
ments between the omnidirectional microphone and
the directional microphone).

Spectro-Temporal Character of the Jammer
Sound

The SRT improvements depended on the jammer
sound scenario and the type of the hearing aid.
Indeed, the greater the complexity of the jammer
sound scene, the lower the SRT improvements.

An analysis of variance for repeated measures
was carried out with the use of SPSS 10.0 software.
For the SRT measurements of group I and group II
using the hearing aid OO with a jammer sound at
90°, the tests on the within-subject effects showed
that there were significant SRT differences among
the speech materials (F � 20.4, p � 0.001), and
among the different noises (F � 98.7, p � 0.001). The
interaction between the speech materials and the
noises was also significant (F � 7.8, p � 0.001).
From tests of within-subject contrasts, the differ-
ence between the results for the speech-weighted
noise and ICRA noise was significant (F � 15.7, p �
0.05) and the difference between the speech-
weighted noise and multitalker babble was highly
significant (F � 119.8, p � 0.001). Relative to the
omnidirectional microphone, significant SRT differ-
ences were found with the software directional mi-
crophone (F � 90.2, p � 0.001) and the beamformer
technique (F � 322.3, p � 0.001). Moreover, the
analysis showed that these differences were im-
provements independent of the specific speech and
noise materials used because the interaction terms
for the speech and the noise materials used were not
significantly different. The results indicate that the
3 jammer sounds and the 4 speech materials did not
have an influence on noise reduction performance
for the normal-hearing and hearing-impaired sub-
jects (groups I and II).

For a single jammer sound source at 90°, the SNR
improvement between the omnidirectional micro-
phone and the 2-stage adaptive beamformer was 7.8
dB for the normal-hearing and 7.5 dB for the hear-
ing-impaired listeners. These results can be com-
pared with a recent study (Ricketts & Henry, 2002).
Ricketts and Henry evaluated an adaptive direc-
tional microphone for hearing aids. In a less rever-
berant room (T60 � 400 to 450 msec), with two noise
sources at 75° and 105°, an SRT improvement of
about 2 dB was obtained relative to an omnidirec-
tional microphone. For the software directional mi-
crophone, the SNR improvement was 3.1 dB and 4.6
dB for the normal-hearing and the hearing-impaired
groups, respectively. This improvement obtained

with the software directional microphone corre-
sponds to the values measured in other studies
(Wouters et al., 1999; Leeuw & Dreschler, 1991;
Hawkins & Yacullo, 1984).

For normal-hearing subjects (group I), the SNR at
50% intelligibility for the 4 speech materials was
about 0.2 dB for the ICRA noise and 4.1 dB for the
multitalker babble, higher than in stationary
speech-weighted noise. For hearing-impaired sub-
jects (group II), in comparison with the speech-
weighted noise, the SNR at 50% intelligibility for
the 4 speech materials in ICRA noise and multi-
talker babble was about 2 dB and 4.4 dB higher,
respectively.

With group I, a second SRT measurement (a few
weeks after the first measurement) was performed
with the hearing aid OO and the 12 different speech-
noise material combinations with a jammer sound at
90°. From a separate analysis of variance analysis, it
was shown that the first and the second measure-
ments were not significantly different.

Hearing Impairment

Using the data obtained for SRT measurements
as described above, statistical analysis showed that
the difference between the omnidirectional micro-
phone and the adaptive beamformer for the normal-
hearing and hearing-impaired listeners was not sig-
nificant (F � 0.16, p � 0.688). Thus, the results of
the two groups (I and II) could be averaged. The
resulting SNR improvement was 7.7 dB. The SNR
improvement between the omnidirectional micro-
phone and the software directional microphone was
3.2 dB for the normal-hearing listeners and 4.6 dB
for the hearing-impaired listeners. This difference
was not significant (F � 3, p � 0.104). The SNR
improvement averaged over the two groups was 3.9
dB. The latter result needs to be considered with
some caution. Whereas the SNR improvement was
significant with 15 subjects tested (10 normal-hear-
ing and 5 hearing-impaired listeners), the result
that there was no difference between normal-hearing
and hearing-impaired subjects may not be representa-
tive because of the small number of hearing-impaired
subjects. However, these data demonstrated that sim-
ilar SNR improvements could be obtained with the
directional microphone and the 2-stage adaptive
beamformer by hearing-impaired subjects, even with-
out compensating amplification for the specific fre-
quency-dependent hearing loss.

Jammer Sound Scene

With one jammer sound at 90° and with hearing
aid OO, the gain in SRTs was 7.8 dB for group I and
7.5 dB for group II when the adaptive beamformer
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was used. With the software directional microphone,
the improvement was 3.1 dB for group I and 4.6 dB
for group II. With two uncorrelated jammer sounds
at 90° and 270°, the performance obtained with the
beamformer technique decreased to 6.1 dB for group
I and 5.8 dB for group II. With the software direc-
tional microphone, remarkably, performance im-
proved for group I when the jammer sound sources
increased from 1 to 2 (3.1 dB and 3.5 dB respec-
tively) but decreased for group II, 4.6 dB with 1
jammer source and 3.3 dB for 2 jammer sound
sources. In a diffuse noise case, the software direc-
tional microphone resulted in an improvement of 1.8
dB and the adaptive beamformer resulted in an
improvement of 2.6 dB.

Statistical analyses were also carried out for the
different jammer sound scenarios (90°, 90°/270° and
diffuse noise) and subject groups I, II, and III.
Significant differences were found among the three
jammer sound scenarios (F � 8.8, p � 0.001). The
jammer sound scenario with a single noise source at
90° differed from the diffuse noise (F � 1.38, p �
0.001). The difference between the single jammer at
90° and the double jammer at 90° and 270° was
significant, but the effect was small (F � 0.324, p �
0.036).

Figure 7 shows that the physical SNR improve-
ment at the output of the adaptive beamformer with
jammers at 90° or 270° was roughly the same (�5
dB). However, for the omnidirectional microphone,
the noise source at 270° was attenuated (SNR � 0)
and the noise source at 90° was amplified (SNR � 0).
This was due to the head shadow effect. At 270°, the
attenuation of the jammer sound was mainly
brought about by the directional microphone and at
90° by the processing of the adaptive beamformer.
The statistical analysis showed that there was a
small difference between 1 and 2 jammer sound
scenarios. This means that the noise source at 270°
was attenuated enough by the head shadow and the
pattern of the directional microphone and that the
processing of the adaptive beamformer mainly fo-
cused on the noise source at 90°.

In diffuse noise, the performance of the adaptive
beamformer decreased significantly. The SNR im-
provement of the adaptive technique was only 2.6
dB relative to the omnidirectional microphone sig-
nal and 0.8 dB relative to the software directional
microphone. The noise reduction performance of the
adaptive beamformer depended on the correlation of
the noise signal between the two microphones. The
higher the level of reverberation, the lower the
correlation between the signals of the two micro-
phones and the worse the performance in noise
reduction. Also, the performance of the first stage of
the 2-stage adaptive beamformer, which was fitted

in anechoic condition, failed in highly reverberant
conditions. The cardioid-like spatial characteristic,
obtained at the noise reference in the anechoic
condition (cardioid focused to the back hemisphere,
null at 0°), became an omnidirectional spatial char-
acteristic in highly reverberant conditions.

Greenberg and Zurek (1992) argued that the
weights of the adaptive filter tend to zero when the
reverberations are strong. The SNR improvement
between the omnidirectional and the software direc-
tional microphone (1.8 dB) or between the omnidi-
rectional microphone and the adaptive beamformer
(2.6 dB) was small but still important for hearing aid
users. In critical listening conditions (close to 50% of
speech understood by the listener), an improvement
of 1 dB in SNR corresponds to an increase in speech
understanding of about 15% in every day speech
communication (Plomp & Mimpen, 1979).

A good noise reduction strategy should have adap-
tive processing (adaptive beamformer) for low rever-
berations and a fixed processing (software or hardware
directional microphone configuration) for high rever-
beration. In this way, in different acoustical situations
of low and high reverberation, optimal noise reduction
can be obtained at the output of the system.

Microphone Configuration

From columns 9 and 14 (Table 2), it is seen that
the adaptive beamformer always outperformed the
directional microphone. The software directional mi-
crophone of OO had roughly the same performance
as the hardware directional microphone of DO (3.1
dB and 2.9 dB, respectively). However, when the
output of the adaptive beamformer was used, there
was a clear benefit in using hearing aid DO (11.4 dB)
compared with hearing aid OO (7.8 dB).

The hearing aid types OO and DO were statisti-
cally analyzed in more detail with subject groups I
and III, the jammer sound scenario at 90°, and for
the four different speech materials. The difference
between the software directional microphone and
the hardware directional microphone was not signif-
icant. However, the results obtained with the adap-
tive beamformer were significantly different for the
hearing aid type OO or DO (F � 19.8, p � 0.001).
Relative to the omnidirectional microphone, with
the hearing aid type OO, the SNR improvement was
3.2 dB at the software directional microphone and
7.8 dB at the output of the adaptive beamformer.
With the hearing aid DO, the SNR improvement
was 2.9 dB and 11.4 dB, respectively.

The configuration of the microphones had an
influence on the performance of the adaptive
beamformer. The beamformer with hearing aid
DO resulted in an additional SRT improvement of
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3.6 dB in comparison with hearing aid OO. The
performance of the adaptive beamformer seems to
be dependent on the number of independent mi-
crophone entry ports, the number of degrees of
freedom, which is 3 for hearing aid DO and 2 for
hearing aid OO. The more independent sensor
inputs, the better and the more independent jam-
mer sound sources can be nulled out with appro-
priate signal processing.

The difference between the OO and DO hearing
aids was predicted by the acoustic evaluation. In-
deed, the DIAI values were the same for the direc-
tional microphones of OO and DO (software 3.8 dB
and hardware 3.7 dB). However, at the output of the
adaptive beamformer, the DIAI with hearing aid DO
(10.7 dB) was approximately twice the DIAI with OO
(5.6 dB). Also, as shown in recent studies (Ricketts,
2000a; Ricketts, 2000b), the directivity index and polar
diagram can be strongly linked to the prediction of
improvement of the speech intelligibility in noise.

The data obtained with hearing aid DO can be
compared with other studies in the literature and
with our previous studies (Wouters & Vanden
Berghe, 2001; Wouters et al., 2002) where a similar
microphone configuration and adaptive beamformer
was used. In the first study (Wouters & Vanden
Berghe, 2001), the perceptual tests were performed
with cochlear hearing loss patients in a moderately
reverberant condition, the same as in the present
study, and a gain in speech intelligibility of about 10
dB was obtained with the adaptive beamformer
relative to the hardware directional microphone. In
the second study (Wouters et al., 2002), the percep-
tual measurements were carried out in a less rever-
berant room (T60 � 0.45 msec) with normal-hearing
listeners and hearing-impaired subjects. Relative to
the hardware directional microphone, an improve-
ment of about 11 dB was obtained with the adaptive
beamformer. In these two later studies, the hearing
aid was worn by a mannequin during the test
instead of real-life positioning of the hearing on the
subject as in this study. The comparison between the
tests carried out with the hearing aid DO in this
study and the previous studies shows that the tests
of speech intelligibility performed with a mannequin
overestimated improvement and also that reverber-
ation has an detrimental effect on performance.

Furthermore, the performance metric GSII tended
to underestimate the results obtained with the per-
ceptual evaluation. With hearing aid OO, GSIIs of
2.4 dB and 6.8 dB were obtained for the software
directional microphone and the adaptive beam-
former, respectively, against 3.1 dB and 7.8 dB with
the perceptual evaluation. With hearing aid DO, the
GSII (1.3 dB) also underestimated the SNR improve-
ment at the hardware directional microphone (2.9

dB) but predicted the SNR improvement obtained at
the output of the adaptive beamformer (11.4 dB).

CONCLUSIONS

In summary, the answers to the four research
questions presented in the introduction are as fol-
lows: (1) There is no influence of the adaptive
beamformer on the noise reduction performance of
the spectro-temporal character of the jammer sound
as well as the speech sounds. The analysis of the
SRT for the four different speech materials and
three different jammer sounds demonstrated that
the obtained improvements in SRT were indepen-
dent of these specific speech-noise combinations,
although the absolute SRT level might differ widely.
(2) Between the two jammer noise scenarios, namely
90° and 90°/270°, a small difference in SRT improve-
ment was found. The noise scenario 90°/270° was
found to be inappropriate for studying the effect of
the adaptive beamformer against two noise sources.
The noise source at 270° was mainly attenuated by
the head shadow and the directional microphone. In
diffuse noise, only small improvements were ob-
tained. (3) There was no influence of hearing impair-
ment on the noise reduction performance according
to our data. We showed that the speech recognition
of hearing-impaired listeners (pure tone average
�40 to 60 dBHL) benefited equally well from this
speech-in-noise enhancement, even when a frequen-
cy-independent amplification was applied. (4) There
was an influence of the basic microphone configura-
tion on the noise reduction performance of the
2-stage adaptive beamformer. With a noise source at
90°, an SRT improvement of about 7.8 dB was
obtained with the hearing aid OO versus 11.4 dB
with the hearing aid DO.

These perceptual results were in fairly good
agreement with the acoustic evaluation indicating
that very good estimation of SNR improvement can
be obtained by using physical measurements in
realistic conditions (on a mannequin, in realistic
reverberation, and AI/SII calculation). Finally, the
results obtained with the adaptive beamformer
seem to be better than the only commercially avail-
able adaptive noise reduction technique, as esti-
mated from recently published results (Ricketts &
Henry, 2002).
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