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A method to predict the amount of noise reduction which can be achieved using a two-microphone
adaptive beamforming noise reduction system for hearing [didé\coust. Soc. Am109 1123

(2001 ] is verified experimentally. 34 experiments are performed in real environments and 58 in
simulated environments and the results are compared to the predictions. In all experiments, one
noise source and one target signal source are present. Starting from a setting in a moderately
reverberant roonfreverberation time 0.42 s, volume 34 ndistance between listener and either
sound source 1 m, length of the adaptive filter 25,regght different parameters of the acoustical
environment and three different design parameters of the adaptive beamformer were systematically
varied. For those experiments, in which the direct-to-reverberant ratios of the noise sig3alli®

or less, the difference between the predicted and the measured improvement in signal-to-noise ratio
(SNR) is —0.21+0.59 dB for real environments and0.25+0.51 dB for simulated environments
(averagecstandard deviation At higher direct-to-reverberant ratios, SNR improvement is
systematically underestimated by up to 5.34 dB. The parameters with the greatest influence on the
performance of the adaptive beamformer have been found to be the direct-to-reverberant ratio of the
noise source, the reverberation time of the acoustic environment, and the length of the adaptive
filter. © 2001 Acoustical Society of AmericaDOI: 10.1121/1.1338558

PACS numbers: 43.66.Ts, 43.60.Lq, 43.60]J&¥S]

I. INTRODUCTION from an adaptive beamforming noise reduction system in
different acoustic settings. However, this framework by itself
Poor speech recognition in noisy environments is a mais of limited value only for two reasons. First, the predictions
jor source of dissatisfaction for numerous users of cochleahave not been validated by comparisons to experimental re-
implants and conventional hearing aid@&ochkin, 1993; sults. Second, as the prediction is a complex function of 11
Kiefer et al, 1996. One promising approach to solve this input parameters, it is still relatively difficult to gain a con-
problem is the two-microphone Griffiths—Jim beamformer orcept of the complex behavior of the beamformer without
adaptive beamformerGriffiths and Jim, 1982; Peterson systematic variations of all parameters. It is the aim of this
et al, 1987, where the signals of two microphones mountedinvestigation to start to close both of these gaps.
close to the user's ears are postprocessed by an adaptive
noise reduction schem@Vidrow et al, 1975. A schematic ||, METHODS
representation is shown in the lower part of Fig. 1. A detailed Th ; ted in th .
description of the adaptive beamformer can be found else- o t?n::otr:pltjheer Sp[:loF?r_am presn?(r;e:\[ 'E_ he con;)paglorééata(-j
where (Petersonet al, 1987; Greenberg and Zurek, 1992; per estimates improvement which can be expecte
K . - . to be reached by an adaptive beamformer as a function of 11
ompis and Dillier, 2001 and is not repeated here. Numer- ) . ) .
. : .acoustic and design parameters. It is not possible to test all
ous experiments have already been performed with this S2 . .
: : . . ; parameter combinations with a reasonable number of differ-
method, showing a wide range of signal-to-noise-rédiNR) .
. ) ent values for each of the 11 parameters. Instead, a different
improvements of 0 to 30 d&Petersoret al, 1987; Peterson approach was chosen, in which a realistic experimental set-
et al, 1990; Greenberg and Zurek, 1992; Dilletral., 1993; P ’ P

van Hoesel and Clark, 1995: Hamacletral, 1996, Com- ting was defined first, from which each parameter is varied

. . . rately towar th greater and smaller values. In thi
parison of these data is difficult because of the different ex_sepa ately toward bo greater & d smaller values this
way, the number of experiments was reduced to a manage-

results. In the companion papétompis and Dillier, 200},
a theoretical framework has been presented, which allow4. Central setting

the prediction of the noise reduction that can be expected tho gefinition of the central setting includes the room,
the noise, and the signal source, and a set of design param-
dElectronic mail: martin.kompis@insel.ch eters of the adaptive beamformer. Figure 1 shows a sche-
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TABLE I. Synopsis of the input parameters used to predict the performance
for the central setting.
Parameter Value
Room sizeV 34 n?
Reverberation timd, 042s
283m Distance listener to target signal soutge 1m
Index of directionality of target signal sourgg 3.4
Alignment factor of target signal sourde 4
Distance listener to noise sourke 1m
Index of directionality of noise source, 3.4
2.92m Azimuth of noise sourcer,, 45°
Sampling rate~ 10240 Hz
Number of coefficients in adaptive filtdt 256
Delay in target signal path 128 samples

dl

in simulated rooms, using a simulation method presented
earlier (Kompis and Dillier, 1998 This simulation proce-
dure is based on an image method introduced by Allen and
FIG. 1. Schematic drawing of the experimental setup at the central settinferkley (1979. It simulates the impulse responses between
(top) and the adaptive beamform@ottom). The starting points of the ar-  acoustic sources and microphones in shoebox-shaped rooms,
rows in the upper portion of the diagram denote the locations of the IOUd'taking into account the effects of directional sound sources
speakers and microphones. . . .
and the acoustic head-shadow of the listener. The head is
] ] -~ modeled as a rigid sphere. For the simulations, a value of
matic representation. The parameters of the central settinglg g cm was chosen for the diameter of this sphere, as pro-
have been chosen to represent a realistic situation, in WhiCBosed by Kuhr(1977) and used in an earlier studitompis
variations of all relevant parameters toward both higher ang,,4 Dillier, 1993. The index of directionality of 3.4 for the

lower values appear to be reasonable. To define the propegsq sound sources was approximated by an opening angle of
ties of a suitable room, the dimensions and reverberation-gge \yithin this opening angle, the signal is emitted

times of 18 different room# offices, 11 living or bedrooms,  eqyally into all directions, and no signal is emitted outside
1 bath, 2 kitchenswere measured. In this limited sample, the g angle. For the simulated version of the central setting, al
average volume was 34.1°mand the average reverberation sher simulation parametefge., reverberation time, room

time (measured in octave bands with center frequencies Gfimensions, relative positions of the sound sources and the
125-4000 Hzwas 0.41 s and almost frequency independentjisieney were the same as the corresponding parameters of

These average values may differ, e.g., in a different culturglhe real room. The suitability of the simulation method for
context. One of these 18 rooms, a shoebox-shaped room withe purpose at hand was validated in the first experiment
a volume of 34.0 rhand an almost frequency independent sec. i1 A). For the prediction of the performance of the
reverberation time of 0.42 s, was available for eXpe“me”t%\daptive beamformer, the same set of input parameters was

for a limited time and was used for the central setting. used for both the real and the simulated central setting. Table
Two loudspeakergPhillips 22AHS86/16Rwere placed | shows a synopsis of these input parameters.

at a distance of 1 m from a dummy head equipped with @ ag the signals from the real and simulated central setting

stereo microphone, both from a Sennheiser MKE 2002 selyere ysed for several experiments with different values of
The azimuth of the loudspeaker emitting the target signajhe design parameters of the adaptive beamformer, only 14
was 0 g'-e-’. in front of the dummy headthe noise source tfarent sets of recordings in real environments and 37 dif-
was 45° to its right. The index of directionality of the loud- forent sets of simulated signals were used. Table Il shows a

speakers was estimated to be 3.4 for band-limited noise 123r§/nopsis of the experiments and environments used.
and 5000 Hz in an earlier woriKompis and Dillier, 1993

As to the adaptive beamformer, a sampling rate of 1024
Hz, a filter length of 25 m4256 filter coefficients and a
delay of 50% of the filter lengtflL2.5 m3 in the target signal Target and noise signals were recorded for the ex-
path (markedd’ in Fig. 1) was chosen. periments in simulated rooms: simulateseparately. Ac-
cording to the paradigm used for the prediction of the im-
provement of the signal-to-noise ratiGBNR) described
previously (Kompis and Dillier, 200}, the signals of both

As far as possible, experiments were performed in thehe noise and the target signal source were white noise.
real room described. Some of the experimental parametergyhite noise was generated on a computer and played back
most notably the volume of the room and the reverberatiorvia a digital audio tap€DAT) recorder driving only one of
time, cannot be readily varied independently using reathe two loudspeakers at a time. Uncorrelated noise sequences
rooms. Furthermore, the room which was used for the centradf 3 s duration were used for the target and the noise signals,
setting was available only for a limited time for recordings. respectively. Recordings of the microphone signals at the
For these reasons, 58 of the 92 experiments were performaetimmy head were digitized at a sampling rate of 10240 Hz

Adaptive filter

Q:. Signal acquisition and signal processing

B. Experiments in real and simulated rooms
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TABLE Il. Synopsis of the number of experiments in real and simulated environments.

Experiments Experiments Sets of  Sets of

in real in simulated recorded simulated
Parameter varied environments environments signals  signals

None (central setting 1 1 1 1
Azimuth of noise signal sourc@ig. 3 52 5°

Distance to noise sourdgig. 4 28 4 2 4
Index of directionality of noise sourdéig. 5 12 6 1 6
Alignment factor(Fig. 6) 12 3 1 3
Distance to target signal sour¢gig. 7) 22 4 2 4
Index of directionality of target signal sourcgig. 8 12 6 1 6
Reverberation timéFig. 9) 12 7° 1 7
Room size(Fig. 10 6 6

Filter length(Fig. 11) 42 o°

Delay in target signal pattFig. 12 16*¢ 17 o° QP
Sampling rateFig. 13 4° Qb
Total 34 58 14 37

8n addition, results from the real central setting are shown in the corresponding figure.

PRecorded or simulated input signals used are identical to those at central setting.

‘In addition, results from the simulated central setting are shown in the corresponding figure.

din addition, results of one experiment already shown in Fig(filter length 512, delay 50%is shown in
Fig. 12.

into a computer using a custom-built 12 bit stereo analog-toms), filter adaptation was allowed ff@} s instead of only 2 s
digital converter and appropriate antialiasing filters. Theto compensate for the proportionally longer adaptation time
spectra of the recorded signals were found to rise slightlyconstant.

toward higher frequencies. Although the effect of this spec-

tral feature on the SNR improvement was found to be small,

a two-coefficient finite impulse-response filt@oefficients

0.5 and 0.65was used to equalize the spectra to within 2 dBD- SNR improvement and intelligibility-weighted gain

in the frequency range of 125-4900 Hz. For experiments in g the investigated prediction method predicts SNR im-
simulated environments, white noise was directly filtered byprovement, this measure is used to represent the experimen-
the impulse responses generated by the room simulation pres| results. However, for hearing aid applications, the pri-
gram. The spectra of the microphone signals in the simulamary goal is improved speech intelligibility and not
tions were found to be flat to within 2 dB without further improved SNR. Because some frequency bands contribute
conditioning. o _ o more to speech intelligibility than others, SNR improvement
To measure the gain in signal-to-noise ratio, first themay correlate poorly with improvement in speech recogni-
recording of the noise signal alone was processed by afyn if substantial differences between SNR improvements
adaptive beamforming algorithm. The adaptation of the filter, giferent frequency bands do exist. To estimate this effect
was performed using a normalized least-mean squares alggp the presented data, all experimental results which were
rithm (Bellanger, 198, where the adaptation time constant compared to the theoretical predictions were also examined
was chosen to be 0.2 s. Aft2 s the filter was assumed to be y apy intelligibility-weighted measure proposed by Greeberg
in an adapted state and the signal variance in the foIIowm_@t al. (1993. To calculate this intelligibility-weighted gain,
second was used as a measure of the variance of the noiggyna|-to-noise ratios were calculated in 15 one-third-octave
signal at the output of the beamformer. The adapted filtehangs with center frequencies between 200 and 5000 Hz and

was temporarily stored and used in a second run, where thgejghted according to their contribution to the articulation
recorded or simulated target signal was processed alone, withgex (ANSI, 1969.

the adaptation disabled, i.e., maintaining the adapted coeffi-
cients from the first run. Again, the variance of the output
signal during 1 s was used as a measure of the variance o,
the target signal at the output of the adaptive beamformer.| ——-CIB  gNR improvement vs. microphone signal with betier SNR (right side)
Using this procedure, a perfect target-signal detection
scheme, which prevents any filter adaptation while a target
signal is present, is mimicked. Several such schemes havg™C®  SNRImprovement vs. sum signal
been proposedVan Compernolle, 1990; Greenberg and tfilled symbols: experiments in simulated room
Zurek, 1992; Dillieret al, 1993; Kompiset al, 1997 and

used in experiments, and the theoretical analysis and predic;
tion of SNR improvementKompis and Dillier, 2001 is
based on the assumption that one of these schemes is e
ployed. For all experiments involving longer filte(3>25 FIG. 2. Legend for the symbols and lines used in Figs. 3-14.

---AA SN Improvement vs. microphone signal with poorer SNR (left side)

empty symbols: experiments in real room

lines: theoretical predictions
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FIG. 5. Influence of the directionality of the noise source. See Fig. 2 for a

. legend of the symbols used.
E. Representation of the results

The computer progranm{Kompis and Dillier, 2001  ysed in Figs. 3—14. SNR improvements at the output of the
implementing the prediction of the SNR improvement of theadaptive beamformer, compared to the SNR at the left mi-
adaptive beamformer calculates three different numbers: therophone(opposite from the noise source and therefore more
SNR improvement versus the microphone signal with th&ayorable SNR; triangles in figurewill be lower than SNR
more favorable SNR, the SNR improvement versus the mimprovement versus the right microphone facing the noise
crophone signal with the poorer SNR, and the improvemengoyrce(poorer SNR; squares in figudes
versus the sum of both microphone signals. The latter corre-
sponds to a simple two-microphone beamformer with fixed
postprocessing. . RESULTS

To aIIovy o_Iirect comparison, t_he results of the experi- 5 Results at central setting
ments are similarly calculated as improvements versus each
microphone signal and the sum of both microphone signals. At central setting, the predicted SNR improvement was
Therefore, six sets of data are shown in the figures of secompared to the results from both the experiments in the real
IIl. Al predicted improvements are connected by different"00m and in the simulated environment. Table Il shows the
lines, and all results from experiments are shown as inditesults. All three sets of SNR improvements, i.e., the predic-
vidual symbols. Results from experiments in real environdion and the two sets of experimental results, are within 0.5
ments are shown using open symbols; results from experdB within each other with absolute values .ra}nging from.2.50
ments in simulated environments are shown using closetf 5.97 dB. None of the data sets exhibit systematically

pared to the other two sets.

16 . .
] B. Effect of the acoustic parameters of the noise
1518 signal source
141 . . .
134 The three parameters characterizing the noise signal
source are its azimuth,, (with «,=0 defined as the forward
12 direction of the listengr the distance between noise source
g 1]
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FIG. 6. Influence of the alignment of the target signal source. See the text
FIG. 4. Influence of the distance between noise source and listener. See Fiigr the definition of the alignment factor A. See Fig. 2 for a legend of the
2 for a legend of the symbols used. symbols used.
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and listenerl,,, and the index of directionalityy, of the
noise source. The last two factors influence the direct-to-
reverberan®P, ratio of the noise signal. The index of direc-
tionality is defined as the ratio between the signal intensity
emitted in the direction of the listener to the intensity of a 1
hypothetical omnidirectional source with the same total 01 : : : 1
acoustic output poweDeBrunner and McKinney, 1995 0.0 0.2 0.4 0.6 0.8

Figure 3 shows the results of the experiments at 6 dif- = p27 o8 20 83
ferent angles of incidence between 15° and 90°. Because of ,D,,;‘;V,?;i’:;:‘,'g;‘,};;;‘:;zz, (@)
the symmetry of the setting, results can be extrapolated for
all angles in the horizontal plane, except for the fr¢dr) FIG. 9. Influence of the reverberation time. See Fig. 2 for a legend of the
and the reaf180°, where the adaptive beamformer assumes ymbols used.

the position of a target- and not of a noise-signal source. The

largest difference between prediction and experimental reéetting whereasy,=0 was approximated by turning the
sults is 0.89 dB, with more than half of the eXperime”talloudspéaker awar;/ from the dummy head. For the
results lying within 0.5 dB of the predictions. _ simulations,y,=1, 2, 3, 4, and 5 was approximated similar
Figure 4 shows the SNR improvement as a function of, the central setting with opening angles 6180°, =90°,
the distance between listener and noise source. For distances;ge +g0°, +53°, respectively. Fory,=0, an opening
of 0.75 m (Py,=2.0dB) and more, predictions and experi- angle of+90° facingawayfrom the dummy head was used.
mental results are reasonably in accordance. At distances of There is a reasonable agreement between the predicted
0.5 m (Py,=5.5dB) and less, however, predictions consid-SNR improvement and the results of the actual measure-
erably underestimate the SNR improvement which can actuments, with an average error of 0.51 dinge 0.02-1.14
ally be achieved using the adaptive beamformer. IAt dB). SNR improvement increases witj, when compared
=0.25m, the difference is as large as 5.34 dB. to the sum signal and to the microphone signal with the
Figure 5 shows the SNR improvement as a function ofless favorable SNR, but decreases slightly when compared
the index of directionalityy, of the noise source. For the to the microphone signal with the higher SNR, presumably
experiments in the real acoustic environmep=3.4 corre-  due to the increased direct-to-reverberant ratio of the noise
sponds to the loudspeaker facing the dummy heaahtral  signal.
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FIG. 8. Influence of the directionality of the target signal source. See Fig. ZIG. 10. Influence of the room size. See Fig. 2 for a legend of the symbols
for a legend of the symbols used. used.
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FIG. 11. Influence of the length of the adaptive filter. See Fig. 2 for a legendFIG. 13. Influence of the sampling rate. See Fig. 2 for a legend of the
of the symbols used. symbols used.

C. Effect of the acoustic parameters of the target or simulated environments. For the given settlng; the align-
signal source ment factor was found to be 4 at an azimuathof 0°, 3.5 at

as=3°, 3atag=5°, 2.5 atag=6°, and 2 atw;=8°.

The three parameters describing the target signal source Figure 6 shows the comparison between predictions and
are the alignment factoA, the distance between dummy experimental results. The values are in reasonable agree-
head and target signal sourcg and the index of direction-  ment, j.e., within 0.5 dB when taking either one microphone
ality of the target signal source. signal as a reference. F&=2 andA=2.5, the agreement

The alignment factoA is defined as the ratio between petween predicted and measured SNR improvement versus
the variance of the nonreverberant portion of a white noisgne sum signal differ by 0.88 and 1.15 dB, respectively. The
signal after summation of the microphone signaignald’  reason for this difference is not completely clear, but most
in Fig. 1) and the sum of the variances of the two individual propably a result of the relatively simple model of the direct
microphone signalpcf. Kompis and Dillier(2001) for a de-  and reverberant signal parts used to predict the SNR im-
tailed discussioh For perfect alignment, i.e., if there is no provement(Kompis and Dillier, 2001
delay between the nonreverberant part of the target at the two Figure 7 shows the dependence of the SNR improve-
microphonesA is 4. For a head-sized spacing between Mi-ment as a function of the distantebetween listener and the
crophones and a sampling rate of 10 240 Mdrops to 2no  {arget sound source. Again, the majority of all measured val-
alignmeny for azimuths of approximately 8° and more. The e Jie within 0.5 dB of the predictions and display the same
alignment factor can be directly measured in anecli@al  {endenciegi.e., SNR improvements decreasing with the dis-

tance when taking the microphone signals as a reference, but

7
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FIG. 14. SNR improvement vs Intelligibility-weighted gain for the experi-
FIG. 12. Influence of the delay in the target signal path. See Fig. 2 for anents in real and simulated environments. See Fig. 2 for a legend of the
legend of the symbols used. symbols used.
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TABLE Ill. SNR Improvement at central sefting. dB atV=70n7), SNR improvement, especially when com-
Improvement vs Improvement vs Improvement vs pared to thg microphone S|gna] with the lower signal-to-
microphone withmicrophone withsum of microphone ~ NOiSe ratio, increases by approximately 2 dB.

better SNR poorer SNR signals
(dB) (dB) (dB)
Model prediction 303 585 599 E. Design parameters of the adaptive beamformer
Experiment in real  2.97 5.77 2.52 In the theoretical analysi€Kompis and Dillier, 2001,
Exr,?:rrinment o 2 69 5 o7 250 the influence of three design parameters of the adaptive
simulated room beamformer is considered: the number of filter coefficients in

the adaptive filteN, the delay in the sum signal path, and the
sampling rate~ ¢ of the system. In practical situations, there

increasing when taking the sum signal as a refererfeer ~ Will be additional design parameters which influence the per-
the given range of distances between 0.25 and 1.75 m, SNfRrmance of a given beamformer, such as the adaptation time
improvements Change on the order of magnitude of 1 dB. constant, the resolution of the analog-to-digital converters,
Figure 8 shows the dependence of the SNR improveand the performance of any target-signal-detection/
ment as a function of the index of directionality of the targetadaptation inhibition scheme to prevent filter adaptation in
signal sourceys. To obtain the different values foys be-  the presence of target signal and therefore target signal can-
tween 0 and 5, exacﬂy the same procedures were used as W”ation. However, in the theoretical analySiS and as a con-
the noise source in Sec. Ill C. Again, there is a reasonablgequence in this study, these additional factors are assumed
agreement between prediction and measurement for mot® be ideal, i.e., filter adaptation is perfect and occurred in the
data points, with the greatest differences lying toward smalPresence of the noise signal only, and all implementation
ys and SNR improvements versus the sum of the microphonissues are considered to be negligible.
Signa|s_ For the gi\/en range of Va|u@§: 0_5, SNR im- Figure 11 shows SNR improvement as a function of the
provements Change on the order of magnitude of 1 dB. numberN of coefficients in the adaptive filter. In the litera-
ture in similar noise reduction algorithms filter lengths of up
to 40 ms(Petersonet al, 1987 have been reported. At a
sampling rate of 10240 Hz, this corresponds to a range of
The two acoustical parameters of the room considered iN=410 coefficients. In this study, filter lengths betwegn
the theoretical analysis of the performance of the adaptive-32(3.125ms) andN=512(50 ms) have been studied. It
beamformer are volum& of the room and reverberation can be seen that the amount of SNR improvement increases
time T, . Reverberation time is the time required for a rever-substantially with filter length, especially for values Mfof
berant signal to decay by 60 dB. To vary these two parami28 and more. With short filters, e.dN,=32 or N=64, the
eters independently, experiments were performed predomadaptive beamformer practically routes the microphone sig-
nately in simulated rooms. Apart from the central setting,nal with the more favorable SNR to the output, but provides
only one experiment was performed in a real, anechoic enenly relatively little (approximately 1 dBSNR improvement
vironment. above that. In Fig. 11 this is shown by the SNR improvement
Figure 9 shows the dependence of the SNR improveversus the microphone with the lower SNR improving by
ment as a function of reverberation time. SNR improvemenmore than 4 dB, but only by just above 1 dB when compared
increases rapidly at short reverberation times. Theoreticab the other microphone signal. For long filtedd£€512),
predictions and results from the experiments are in reasorthe SNR is improved by more than 4 dB, even when com-
able agreement for reverberation times of approximately 0.pared to the microphone signal with thmore favorable
s and above. For shorter reverberation times, the predictiorSNR. The agreement between experimental results and the
systematically underestimate SNR improvements by up t@redictions is reasonable for the entire range MNf
2.28 dB atT,=0.1s. AtT,=0 s(anechoic environmenthe = =32-512, and is poorest for the longest filter.
prediction cannot be calculated, as one of the underlying The theoretical analysis predicts that influence of the
assumptions, the existence of a reverberant signal portion, telay in the target signal patth’ on the amount of noise
violated. The direct-to-reverberant ratio of the noise source iseduction depends on the length of the adaptive fteFor
approximately 5.7 dB at,=0.1s, 2.7 dB aff,=0.2s, and this reason, experiments with delays between 0% and 100%
1.0 dB atT,=0.3s. of the filter lengths and two different filter lengthbl € 256
Figure 10 shows SNR improvement by the adaptiveand N=512 coefficients were performed for both the real
beamformer as a function of room size. For these experiand the simulated central setting. Figure 12 shows the re-
ments, rooms with volumes of 20—70°nin steps of 10 M sults. It can be seen that for the shorter filter, a variation of
were simulated. The reverberation tifigof all these rooms only 0.6 dB in SNR improvement is predicted for the entire
was 0.42 s. To keep, constant, the absorption coefficients range of delays between 0 and 100% of the filter length. For
of the simulated rooms were higher for the larger roomsthe longer filter, this effect is predicted to be largér59
Note that for the same absorption coefficients for all rooms@dB). In both cases, the maximal noise reduction is predicted
reverberation time would have increased with room size, aat a delay of 50% of the filter length. The experimental re-
everyday experience suggests. As the direct-to-reverberantlts show an amount of noise reduction and—to a certain
ratio increases with room siZe-2.8 dB atV=20n?, +2.7  degree—a shape of the curves which are similar to the pre-

D. Room size and reverberation time
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dicted ones. However, there is one major difference: Thet3 dB, while noise suppression is underestimated for higher
maximal noise reduction is reached at delays between 12.5%,. In contrast, the influence of direct-to-reverberant ratio
and 25% of the filter length and not at 50%, as predictedof the target signal source appears to be small.
This holds for both the real and the simulated environment  If Py, is less thant+3 dB, predictions give, on average,
and for both filter lengths. For the shorter filter, there is aa slightly (0.23 dB higher noise suppression than the experi-
second, only slightly smaller maximum at a delay of 0% inmental results. As the delay in the target-signal péite-
both environments. In this respect, the theoretical predictioiiweend’ andd in Fig. 1) is kept at a suboptimal 50% of the
clearly fails. The reasons for and implications of this failurefilter length(cf. Fig. 12 for the majority of the experiments,
will be discussed in Sec. IVE. it can be expected that experimental results are slightly
The last design parameter to be considered is the sanpoorer than the predictions. The standard deviation of the
pling rate F in Fig. 13. In real applications, the range of differences between predicted and measured values of ap-
possible values is small, as sampling rates below approxproximately 0.5 dB is comparable to the small variations in
mately 7000 Hz will reduce speech recognition unacceptresults, if, e.g., the entire experimental apparatus is shifted
ably, and the computational load rises rapidly with higherby a few centimeters in any direction, as verified by informal
sampling rates. For the range Bf=5120—-20480Hz, the tests(Kompis and Dillier, 1998 As seen in Table lIl, and
SNR improvement drops on the order of magnitude of 2 dBconfirmed by the data presented in Figs. 3—13, results of the
This effect can be explained by the effectively shorter filterexperiments in real and simulated rooms are in reasonable
(125 ms atFs=20480Hz, compared to 50 ms & agreement, thus supporting the assumption that the chosen
=5120H2 for the same number of coefficient§=256, room-simulation algorithm(Kompis and Dillier, 1998 is

which was kept constant. suitable for these experiments involving the adaptive beam-
former. One difference between the results of the experi-
F. SNR improvement and intelligibility-weighted gain ments in real and simulated environments is the tendency to

Figure 14 shows the comparison between SNR irm:)rove_g)verestlmate intelligibility-weighted gaifs; by using SNR

ment (as shown in Figs. 3—23and intelligibility-weighted |r'nprovements' for real rooms, ar_md underestlimélre for
: . simulated environments. This relatively small difference can
gain G; (Greenberget al,, 1993 for all experimental results

which were compared to the theoretical predictions, AI_be attributed to the small differences in the spectra of the

though differences up to 2.11 dB do exit, for the majority Of3|mulated and recorded signals.
all data points SNR improvement and intelligibility-weighted
gainG; are within 0.5 dB. On the average, SNRs are slightly,
higher thanG; for experiments in real environme(dverage
difference+0.37 dB, while SNRs are slightly lower for the From the three parameters defining the noise source, the
experiments in simulated environmer{sverage difference azimuth has the smallest effect on the amount of noise re-
—0.34 dB. duction of the adaptive beamformer. Experimental results
and predictions are in reasonable agreement.
IV. DISCUSSION Noise reduction is greatly increased with smaller dis-
tances between noise source and listérag. 4). The agree-
ment between experimental results and predicted noise re-
Agreement between experimental results and predictionduction is reasonable for distances of 0.75 m or more, but
appear to be reasonable for low direct-to-reverberant ratiopoor for smaller distances. From the assumptions used to
of the noise signaPy,, but considerably poorer for high derive the predictionKompis and Dillier, 2001it is known
direct-to-reverberant ratiogf. Figs. 4 and 8 When the ex- that the direct-to-reverberant ratio of the noise signal may
perimental results are compared for all 88 experiments with aot become too large for the predictions to remain valid. The
Pq4r<+3dB, an average difference 6f0.23 dB and a stan- estimated direct-to-reverberant ratio is 2.0 dB at 75 cm and
dard deviation of 0.54 dB can be observed. For the 32 ex5.5 dB at 50 cm. According to the presented data, the tran-
periments in real rooms, the mean difference-i8.21 dB  sition between reasonable prediction and substantial under-
(std. dev. 0.59 dBand for the 56 experiments in simulated estimation of the SNR improvement takes place in this
rooms it is—0.25 dB(std. dev. 0.51 dB As to the 4 experi- range. Although this does limit the usefulness of the predic-
ments with aPy, above +3 dB, one comparison with the tion method in environments with no or very little reverbera-
predicted values is not possible, as the predictions fail ation, itis not a serious limitation for most normal rooms with
infinite Py, (anechoic environment, Fig),9and for the other realistic amounts of reverberation. To reach a direct-to-
3 cases differences up to 5.34 @Big. 4) can be observed. reverberant ratio of-3 dB or more in the room used for the
From the assumptions of the underlying theoretical analysisentral setting, an omnidirectional noise source must be less
(Kompis and Dillier, 200}, it can be expected that agree- than 36 cm away from the listener.
ment between experimental results and predictions is reason- For the investigated range of the index of directionality
able for low direct-to-reverberant ratios of the noise signalof the noise source ,=1-5), noise reduction changes
P4, but poor for high direct-to-reverberant ratios. From theonly moderately(order of magnitude 1-2 dBdepending on
results shown in Figs. 4 and 9 it can be concluded that théhe reference signdleft microphone, right microphone, or
prediction is reasonable for situations with direct-to-sum of microphone signal¢o which SNR improvement is
reverberant ratios of the noise source of up to approximatelgompared.

B. Influence of the noise signal source

A. Agreement between predictions and measurements
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C. Influence of the target signal source F. Applicability of the results for hearing aid

. . applications
The influence of the target signal source on the perfor- PP

mance of the adaptive beamformer is small. For the entire  The presented experiments involve several simplifica-
range of the alignment factok=2 to A=4, the measured tions, which are not necessarily met in real-life situations
and predicted SNR improvement changes by less than 1 dBncountered by potential future users of an adaptive beam-
SNR improvements differ by the same order of magnitudgormer. These simplifications, which were made necessary
for the range of values considered for the distance to th®y the assumptions on which the theoretical predictions are
signal sound sourcd =0.25—-1.75m) as well as the index based, include{l) a completely adapted filte(?) filter ad-
of directionality (ys=0 to 5. aptation in the absence of the target sigtiad], white noise
emitted by both the noise and the target signal sode)o
movement of either listener or either sound source, @hd
the presence of a single noise source only. Because of the
usually fast adaptation time constaftsder of magnitude:
While room size has only a limited effect on the perfor- below 0.1 s(Dillier et al, 1993] and the availability of sev-
mance of the adaptive beamformer at a fixed reverberatiofiral target-signal-detection/adaptation-inhibition ~schemes
time (Fig. 10, noise reduction drops rapidly with increasing (Van Compernolle, 1990; Greenberg and Zurek, 1992; van
reverberation timed, (Fig. 9). This phenomenon has been Hoesel and Clark, 1995; Kompit al, 1997 assumptions

D. Influence of room size and reverberation

reported previously by several research@?stersoret al, (1) and(2) are likely to be reasonably approached in real-life
1987; Greenberg and Zurek, 1992; Dillietal, 1993; van Situations. Acoustic signals in relevant everyday situations
Hoesel and Clark, 1995 will probably be composed of predominately low frequency

Experimental results and predictions are in reasonabléignals such as speech and traffic noise rather than white
agreement for the range of room sizes considered in thigoise, as assumed here. However, many implementations of
study and for reverberation times of 0.2 s and more, i.e.adaptive beamformers use pre-emphasis filters just after the
corresponding to direct-to-reverberant ratioRg, of the  microphones, which prewhiten the spectra of these signals.
noise source of-2.7 dB or less. As noted earlier, predictions Therefore, the spectras of probable real-life acoustic signals
systematically underestimate the noise reduction for Iolyer Will at least approach that of white noise to a certain degree.
and—consequently—highét, . SNR improvements appear to be reasonable estimates for the

expected improvement in intelligibility in a number of situ-
ations as shown by the data in Fig. 14 and confirmed by tests

) _ using a portable real-time realization of the adaptive beam-
E. Influence of the design parameters of the adaptive former (Kompis et al, 1999.

beamformer In every-day situations, a certain amount of relative

From the three design parameters considered, the sarmovement between the listener and sound sources must be
pling rate(Fig. 13 has the smallest range of reasonable val-expected. It is difficult to estimate the influence of such
ues and at the same time a relatively small impact on théhnovements. However, due to the usually short adaptation
performance. The length of the adaptive filter significantlytime constants this influence may be small. As to the pres-
influences the SNR improvement of the adaptive beamence of multiple noise sources, a limited number of experi-
former, as has been noted by several researdff@serson ments have already been repor{@etersoret al, 1990. A
et al, 1987; Petersoret al, 1990; Greenberg and Zurek, substantial drop in performance can be expected if the spec-
1992; Dillier et al, 1993. From our data, we conclude that tra and levels of the sound sources are simiareenberg
short filters(e.g.,N=32) improve SNR to only little above and Zurek, 199p
the SNR of the microphone with the more favorable SNR.
Only a longer filter in the range of 128-512 coefficients
provides substantial additional gains in SNR of 2—4 dB.

The influence of the amount of deldlig. 12 is clearly A method to predict the amount of noise reduction
not predicted correctly. For both filter lengths and in both thewhich can be achieved using a two-microphone adaptive
real and the simulated environment, optimal performance obeamforming noise reduction system for hearing &itsm-
the beamformer is reached at considerably shorter delaysis and Dillier, 2001 was verified experimentally. 92 experi-
than the predicted 50% of the length of the adaptive filterments were performed in real and simulated environments
This may also explain why in Fig. 11 the agreement betweeand the results were compared with the predictions. It was
prediction and experimental result is poorest for the longesshown that predictions and experimental results agree rea-
filter, where the influence of the delay is largest. The reasosonably, if the direct-to-reverberant rati®y, of the noise
for the shorter optimal delay is not completely understoodsource is smaller than approximatety3 dB. For higher
Preliminary results from a small separate investigation sugP,, the predictions systematically underestimate the perfor-
gest a loose relationship between the direct-to-reverberambance of the adaptive beamformer. The parameters with the
ratio P, of the noise signal and the optimal delay: for small greatest influence on the performance of the adaptive beam-
P4r, the optimum seems to be close to the predicted 50%former were found to be the direct-to-reverberant ratio of the
whereas for greatePy,, e.g., above 0 dB, the optimum noise source, the reverberation time of the acoustic environ-
tends to be often between 12.5% and 25%. ment, and the length of the adaptive filter.

V. SUMMARY AND CONCLUSIONS
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