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Microphone array signal processing with application
in three-dimensional spatial hearing

Mingsian R. Baia) and Chenpang Lin
Department of Mechanical Engineering, National Chiao-Tung University, 1001 Ta-Hsueh Road,
Hsin-Chu 300, Taiwan, Republic of China

~Received 3 August 2004; revised 4 December 2004; accepted 6 December 2004!

Microphone arrays are known to enhance the directionality and signal-to-noise ratio~SNR! over
single-channel sensors. This is considered beneficial in many applications such as
video-conferencing systems and hearing aids. However, this advantage comes at the price of the
sensation of spatial hearing. The spatial cues due to diffractions of the head and torso are lost if the
array is not fitted in the ears. In this paper we present a system that incorporates binaural hearing
synthesis into array signal processing, in an attempt to recover the three-dimensional sound image
that a human listener would naturally perceive. In the system, the superdirective beamformer is
exploited to estimate the direction of arrival~DOA! of the incoming sound. The spatial sound image
is restored by steering the beam to the direction found in the DOA session and filtering the array
output with the corresponding Head Related Transfer Functions~HRTF!. The algorithms have been
implemented in real-time fashion using a digital signal processor. Objective and subjective
experiments were performed to validate the proposed system. The experimental results showed that
the accurate localization of the sound source is achievable using the array system. ©2005
Acoustical Society of America.@DOI: 10.1121/1.1853242#

PACS numbers: 43.60.Fg@EJS# Pages: 2112–2121
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I. INTRODUCTION

Microphone arrays have received much research inte
as a means of acoustic pickup utilized in various applicati
such as video-conferencing systems1 and hearing aids.2–5

One of the reasons for using an array is to improve sign
to-noise ratio~SNR! that has long been a plaguing proble
of, for example, conventional single channel hearing a
This problem is further aggravated in the environme
where reverberations and interferences are present. In c
parison with single-channel sensors, microphone arrays
vide advantages that the SNR as well as directionality of
sensor can be enhanced using such a system. In particula
array behaves like a spatial filter, enabling the listener
focus on the signal source such as speech and at the
time reject ambient noise and interference.6 This is an attrac-
tive feature for hearing-impaired people who may des
low-noise hearing aids. A great number of array signal p
cessing methods can be found in the literature7 to design
arrays subject to individual requirements in an applicati
Beamforming and estimation of direction of arrival~DOA!
are known to be two major functions of arrays. These t
functions serve to track the intended source in a partic
direction with high signal quality.

However, the above-mentioned advantages come a
price of sensation of spatial hearing. The spatial cues du
diffractions of the head and torso are lost if the sensors
not fitted in ears. To address the problem, in this paper
present a system that incorporates binaural hearing synth
into array signal processing, in an attempt to recover
three-dimensional~3-D! sound image that a human listen

a!Corresponding author. Electronic mail: msbai@mail.nctu.edu.tw
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would naturally perceive. In order to form a very sha
beam, the superdirective array8–13 is employed in the array
design. The thus designed beam is then electronically ste
in every direction to estimate the DOA. Once the DOA
found, the sound beam is fixed at that direction. Finally,
binaural signals of the spatial sound image are produced
filtering the array output with the corresponding Head R
lated Transfer Functions~HRTF!.14 The algorithms are
implemented in real-time fashion using a digital signal p
cessor, TMS320C32. As such, a low noise sound with h
spatial quality is reproduced with the aid of the thus in
grated array–HRTF system.

Simulations and experiments are carried out to evalu
the proposed system. The SNR gain and the effects of a
ture size on the directivity of the microphone arrays are
amined. Objective and subjective tests were performed to
how effective the listeners localize the source of sound us
the proposed array system.

II. MICROPHONE ARRAY SIGNAL PROCESSING

It is well known that microphone arrays are capable
enhancing the directionality and signal-to-noise ratio~SNR!
over single-channel sensors. This is beneficial in many
plications such as hearing aids. In this paper, array sig
processing techniques are utilized for the DOA estimat
and beamforming. DOA estimation refers to localizing t
source direction, while beamforming refers to forming
beam pattern with a specified shape and orientation. In
section, two algorithms will be presented to carry out the
tasks of array signal processing, followed by an investigat
on the directivity pattern.
17(4)/2112/10/$22.50 © 2005 Acoustical Society of America
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A. Array signal processing algorithms

Figure 1 shows a uniform linear array~ULA !, in which
sensors are allocated along a straight line with equal spa
d. It is assumed that the sound source is at the farfield
the signals received at the sensors are narrowband with
ter frequencyv. The spacing between adjacent microphon
is less than one-half wavelength to avoid grating lobes.

1. The delay-sum array

A brief review of the delay-sum method is given as fo
lows. For anM-sensor array, the signals received at the s
sors,x1(t),...,xM(t), form thedata vector

x~ t !5a~rW !s~ t !1n~ t !, ~1!

wherea(rW)5@ej v@(rW1•rW)/c#
¯ ej v@(rWM•rW)/c##T is termed thear-

ray manifold vector, rW is the unit vector pointing to the
source,rWm , m51,...,M are the position vectors of the se
sors,c is the speed of sound,s(t) represents the baseban
signal of the source andn(t)5@n1(t) ¯ nM(t)#T is the noise
vector. The beamformer output is the weighted sum of
delayed input signals, given by

y~ t !5wHx~ t !5wHa~rW !s~ t !1wHn~ t !], ~2!

where w5@w1 ¯ wM#T is the array weight vector and th
operatorH denotes the complex conjugate transposition. T
delay-sum algorithm is to ‘‘time align’’ the received signa
by choosing the following weight vector:

wm5
1

M
e2 j v@~m21!d sin u/c#5e2 j vtm, m51,...,M , ~3!

whereu is the look angle~measured from the normal! of the
array and is dependent of the source vectorrW and

tm5
~m21!d sinu

c
~4!

is the delay that themth channel needs to compensate. It c
be shown that the delay-sum algorithm attains the maxim
signal-to-noise ratio gain~SNRG!.7 The delaytm usually is

FIG. 1. The configuration of a uniform linear array~ULA !. A sound source
is located in the farfield.xWm is the position vector of themth sensor andrW is
the position vector of the farfield source.
J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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not an integer. The simplest approach to deal with these f
tional delays is the Lagrange interpolation method.15 We first
divide tm by the sampling periodT to acquire the fractiona
delay that can be written into the integer and fractional co
ponents,Dm andem , respectively,

tm

T
5Dm1em . ~5!

The Finite Impulse Response~FIR! filter coefficients re-
quired to realize the fractional delay are given by

wmk5)
l 50
lÞk

N
em2 l

k2 l
, k50,1,2,...,N. ~6!

The coefficients for the Lagrange filters of orderN51, 2 are
given in Table I. The expectation value ofuy(t)u2 plotted
versus the look angleu is called the spatial power spectrum

S~u!5E$uy~ t !u2%5wHRxxw, ~7!

where Rxx,E$ux(t)xH(t)u% is the data correlation matrix.
The peak of the spatial power spectrum corresponds to
direction of the sound source.

2. The superdirective array

Another array algorithm employed in this work is th
superdirective array.13 The principle of this algorithms fol-
lows from maximizing thearray gain that is the measure o
improvement of the signal-to-noise ratio between one sen
and the array output,

G5
SNRArray

SNRSensor
. ~8!

The larger the array gain, the higher the ability of the arr
as a spatial filter to suppress the noise. The above array
can be shown to be equivalent to13

G5
uwHdu2

wHGnnw
, ~9!

whereGnn is thecoherence matrixof the noise andd is the
steering vector of the main axis of the array. It is genera
assumed that a diffuse white noise field is spherically iso
pic, in which theabth entry of the matrix takes the form13

Gnanb
5

sin@k~a2b!d#

k~a2b!d
. ~10!

On the other hand, if only the self-noise of the sensors
present, i.e.,Gnn5I , the array gainG reduces to the white
noise gain~WNG!:

WNG5
uwHdu2

wHw
. ~11!

TABLE I. FIR filter coefficients for the first-order (N51) and the second-
order (N52) Lagrange interpolation.

wm0 wm1 wm2

N51 12em em

N52 (em21)(em22)/2 2em(em22) em(em21)/2
2113M. R. Bai and C. Lin: Microphone array for 3D hearing
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In general, the larger the array weights, the smaller the W
and hence the more sensitive to noise is the array. Ano
important quantity to evaluate arrays, the directivity ind
~DI! is the logarithmic equivalent of the above-mention
array gain,

DI 510 log10S uwHdu2

wHGnnw
D , ~12!

which amounts to the ratio of the main-axis gain over
angle-weighted gain. The larger the DI, the more directio
is the array pattern.

The idea of the superdirective design is realized
maximizing the DI in Eq.~12!, or equivalently, the array gain
in Eq. ~8!. Equation~8! is in fact a Rayleigh’s quotient. The
maximization of which can be achieved by solving the f
lowing optimization problem:

min
w

wHGnnw, subject to wHd51. ~13!

In other words, we look for an optimal weightw such that
the array output power is minimized with the gain at the lo
direction constrained to unity. Thus, the array aims to rece
an undistorted signal response at the main axis and re
unwanted interferences at the other directions. Following
method of the Lagrange multiplier, the solution of Eq.~13! is
given as7,16

w5
Gnn

21d

dHGnn
21d

. ~14!

In the low-frequency range, the matrixGnn is nearly singular.
The direct inverse ofGnn would prove problematic and re
sults in exceedingly large array weights. To address the p
lem, a simple regularization procedure is generally utiliz
by incorporating a positive constant to the main diagona
the coherence matrix:13

wuregularized5
~Gnn1eI !21d

dH~Gnn1eI !21d
. ~15!

The parametere can vary anywhere from zero to infinity
which corresponds to the unconstrained superdirective a
or the delay-sum array, respectively. For instance, a rea
able value ofe to compromise the array directivity and th
weight size is 0.01.

The delay-sum method and the superdirective metho
a broadside array~u50°! are compared in terms of DI
WNG, and optimal weights as follows. Assume that there
4 sensors equally spaced with 4 cm. Figure 2~a! illustrates
the DI of the delay sum and the superdirective arrays w
e50.01. Clearly visible is the improvement of DI below
kHz achieved using the superdirective design over the de
sum method. Figure 2~b! compares the WNG of the dela
sum and the superdirective methods withe50.01 for the
broadside array. The WNG of the delay-sum array is lar
than the superdirective method at the expense of l
frequency directionality. Figure 2~c! compares the 2-norm o
the weight vectors of the delay sum and the superdirec
methods withe50.01 for the broadside array. It can be se
from the result that the optimum weights of the superdir
2114 J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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tive array are larger than the delay-sum array at low frequ
cies in order to attain high directionality. The weights of t
superdirective array should be maintained under a cer
level in order not to create problems of filter implementatio
To see more details, Fig. 3 shows the contour plots of dir

FIG. 2. A comparison of the delay-sum and the superdirective arrays
e50.01. ~a! Directivity index. ~b! White noise gain.~c! Optimum weight
norm.
M. R. Bai and C. Lin: Microphone array for 3D hearing
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tivity versus the angle and frequency of the delay sum
superdirective arrays. The directivity is significantly im
proved using the superdirective method in the band 50
1500 Hz.

The foregoing analysis based on the narrowband form
lation can now be extended to the broadband scenario.
array weights obtained using the superdirective method
associated with the frequencyv. Repeating this process fo
the frequencies equally spaced in the band of interest g
the frequency response samples of each array filter. Now
the frequency response samples are obtained, the invers
crete Fourier transform is applied to acquire the impulse
sponse, or the filter coefficients, of the superdirective ar
More precisely, if thePw frequency samples of the arra
weight are obtained for themth array filter, the discrete fre
quency response of the filter is simply

Hm~ l !5wm* ~ l !, l 51,...,Pw . ~16!

To assure real impulse responses, the frequency resp
samplesHm( l ) at l 521,...,2(Pw21) must be mirrored to

FIG. 3. The contour plots~in a linear scale! of the directional response
versus angle~x axis! and frequency~y axis! of a four-element broadside
array. The interelement spacing is 4 cm.~a! Delay-sum array~b! Superdi-
rective array.
J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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l 5Pw11,...,2Pw21 with proper symmetry. The FIR filte
coefficients can be obtained by applying the inverse disc
Fourier transform~IDFT! to the frequency response sampl
for each channel:

hm~k!5
1

2Pw
(
l 50

2Pw21

Hm~ l !W2Pw

2 lk ,

k51,...,~2Pw21!; m51,...,M , ~17!

where W2Pw
5exp@2j(p/Pw)#. The thus obtainedhm(k) is

often noncausal. A circular shift with one-half the IDF
length can be performed to allow for a causal filter. Assu
that there are 4 sensors equally spaced with 4 cm. The
pulse responses of the superdirective array implemented
ing 64-tap FIR filters are shown in Fig. 4~a!. The frequency
responses of the superdirective filters are shown in Figs.~b!
and 4~c!. The impulse responses are symmetric and exh
sign flipping between the microphones 1 and 2, and also
microphones 3 and 4. The frequency responses show an
more pronounced high gain and phase switching at the l
frequency range. These interesting phenomena suggest
the differential actions are necessary to produce the direc
ity improvement for superdirective microphones. Neverth
less, the superdirective microphones do not suffer from
poor SNR problem due to thevn dependence, as do pur
differential microphones.17

Although there are many techniques available for DO
determination, we choose the simplest but most robust
proach, the Fourier beamforming, due to the concern of co
putational loading of our processor. In the DOA sessi
angle spectra are calculated by steering the main beam
290° to 90° using fractional delays.15 The maxima of angle
spectra correspond to the source direction in the farfield. F
ure 5 shows the angle spectra estimated at 500, 1000, 2
and 4000 Hz by using the delay-sum and the superdirec
methods, respectively. The result is plotted in a linear sc
to facilitate the determination of DOA from the maxima
the angle spectra. The sound source is oriented at 10°
indicated by the maxima of the angle spectra. The supe
rective method produces a sharper DOA estimation than
delay-sum method at 500, 1000, and 2000 Hz. At 4000
and higher, the superdirective method has no particular
vantage. However, the side lobes of the superdirective a
are larger than the delay-sum array, which is the price to
for better resolution in DOA estimation. There is obviously
tradeoff between the beamwidth and the side lobes in
array design.

B. Performance analysis of array

Directivity is an important feature of microphone array
which is highly dependent on the aperture size of the arra
In what follows, simulations and measurements were car
out to examine the directivity pattern of a 4-element line
microphone array. The signals from the microphones
summed directly without any filtering. The intereleme
spacing is 4 cm and the total length~aperture size! of micro-
phone array is 12 cm. The sound source is positioned at
2115M. R. Bai and C. Lin: Microphone array for 3D hearing
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For reference, the simulation and measurement resul
the directivity patterns of one microphone are shown in F
6. The directivity pattern of one microphone at all freque
cies in the simulation is omnidirectional. The directivity pa

FIG. 4. The characteristics of the superdirective filter. The filter is reali
as a 64-tapped FIR filter. The results are shown as 232 matrices, where the
~1,1!, ~1,2!, ~2,1! and ~2,2! correspond to the response of the 1st, 2nd,
and 4th sensor, respectively.~a! The impulse response.~b! The frequency
response magnitude.~c! The frequency response phase.
2116 J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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tern at 500 and 1000 Hz of one microphone in the meas
ment are also omnidirectional, while the measurements
2000 and 4000 Hz display slight directivity due to the effe
of the baffle in which the microphones are embedded.

Figure 7 shows the simulation and measurement res
of the directivity patterns of the four-element array. The
rectivity patterns at 500 and 1000 Hz in the simulation a
nearly omnidirectional, while the directivity pattern is qui
directional at 2000 and 4000 Hz. The measured data ar
close agreement with the simulation. These results indic
that the direct-sum array would display directivity on
above 2000 Hz. More sophisticated algorithms must be u
to produce significant directivity at a low-frequency range

Apart from directivity pattern, the SNRs of one micro
phone and the four-element array are also measured
listed in Table II. The SNR gain improved by a 12 cm ap
ture microphone array is 11.6 dB, which is close to the t
oretical value of 12 dB. This suggests that the SNR can
enhanced over a single sensor by means of array structu

III. SPATIAL SOUND RESTORATION USING HRTF

As mentioned earlier, microphone arrays have the
vantage of improved SNR, directivity, and hence spatial
lectivity. These features help the rejection of undesirable
fects of room reverberation and acoustic feedback. Howe
these benefits of arrays can be countered by the loss of th
dimensional~3-D! hearing when applied to hearing aids. T
address the problem, a post-filtering technique based on
Head Related Transfer Functions~HRTFs! is presented in the
paper in an attempt to restore the 3-D spatial hearing me
nism resulting from the head and torso diffractions of h
mans. Therefore, using this microphone-HRTF syste
hearing-impaired people can hear more spatial-sound
speech and music signals with a better source localizatio

A. The method and system architecture

An HRTF is a measurement of the transformation fo
specific source direction relative to the head, and descr
the filtering process associated with the diffraction of sou
by the torso, the head, and the pinnae. HRTFs contain
portant cues, including the interaural time differences~ITD!,
the interaural level differences~ILD !, and spectral character
istics pertaining to spatial hearing and sound localizati
ITD refers to the time difference between the left and rig
ears for a plane wave incident form a certain direction. IL
refers to the level difference due to the head shadowing
fect between the levels of the signals received at both e
The inverse Fourier transform of a HRTF is termed the he
related impulse responses~HRIR!. A 3-D sound field can be
created by convolving a source signal with the appropri
pair of HRIRs to render sound images positioned arbitra
around a listener. The HRTF and HRIR database emplo
in the paper is currently available on the web.14

The entire system consists of a DOA estimation modu
a beamsteering module, and a HRTF post-processing m
ule. The underlying idea of the system will be explained
follows. Rewrite the array output in Eq.~2! with a discrete-
time and broadband setting,

d

M. R. Bai and C. Lin: Microphone array for 3D hearing
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FIG. 5. The simulation results of the DOA estimation~in a linear scale! by the delay-sum and superdirective methods. The sound source is a pure ton
is located atu510°, as indicated by a vertical dotted line in the figure.~a! 500 Hz; ~b! 1000 Hz;~c! 2000 Hz;~d! 4000 Hz.
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y~n!5wH~n!* x~n!, ~18!

where* denotes convolution andn is the discrete-time index
In Eq. ~17!,

x~n!5s~n!* a~u,n! ~19!

being the data vector received at the microphones,
a(u,n) is the impulse response of the array manifold vec
associated with the source directionu. After a DOA session
using the superdirective beamformer, a potential source
rection is found. Then, the beam of the array is electronic
steered to that direction using the second-order Lagrange
terpolation for the steering vectord'a. Note that the beam
steering process should guaranteewHd'1. Although this is a
fixed beamformer, we choose the simple but practical
proach for two reasons. First, apart from processing need
multichannel array filtering, DOA, HRTF, and real-time di
play, there is really not much computational power left in t
present DSP system to afford sophisticated adaptive a
rithms such as the generalized sidelobe canceller~GSC! or
the Griffiths beamformer.7 Second, adaptive beamforme
still have robustness issues in the context of a steering ve
error and correlated noise.13 In particular, the latter issue fre
quently occurs in a live room environment such as a
J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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cabinet, where multipath reflections could lead to an un
sirable signal-noise cancellation.

In order to recover the spatial sound image for the ar
system, as a final step, HRIRs are used to filter the a
output to yield the binaural signals for a headphone,

y~n!5FhL~n!

hR~n!G* y~n!, ~20!

wherehL(n) and hR(n) are the HRIRs of the left and th
right ears. In effect, the overall output that the system w
produce is

y~n!5FhL~n!

hR~n!G* s~n!* wH~n!* a~u,n!. ~21!

The preceding procedure of post-processing for 3-D hea
is summarized in the flow chart of Fig. 8.

B. Experimental verifications

The above-mentioned array signal processing algorith
for 3-D spatial sound restoration with HRTF was impl
mented on a digital signal processor~DSP!, TMS320C32.
Figure 9 shows the system block diagram, including a co
puter equipped with the DSP, a sound source, a four-elem
2117M. R. Bai and C. Lin: Microphone array for 3D hearing

/content/terms. Download to IP:  140.113.38.11 On: Wed, 30 Apr 2014 06:44:49



nd
a

am
en
o

tiv
sy
O
rd

pe
n
ho
a
ith
e
s
ti

of
m
ted

ve
am-
at-

n-
the
ap-
re-
n-

rge

ur

ne

 Redistr
linear microphone array, a preamplifier, and two seco
order antialiasing filters with cutoff frequency 8 kHz and
headphone. Four condenser microphones with 6 mm di
eter are fitted in a acrylic plastic plate and the interelem
spacing of microphones is 4 cm, which gives a total length
12 cm. The sound source is placed atu510°. The sampling
rate was chosen to be 16 kHz.

The delay-sum beamformer and the superdirec
beamformer are applied to estimate DOA using the DSP
tem. Figure 10 shows the experimental results of the D
estimation of obtained using the delay sum and the supe
rective methods at 500, 1000, 2000, and 4000 Hz, res
tively. A more accurate DOA estimation at 500, 1000, a
2000 Hz can be obtained by using the superdirective met
than the delay-sum method because of the narrower be
width of the former. This observation is in agreement w
the simulation results. At 4000 Hz, two beamformers yield
a comparable performance. Figure 11 shows the DOA e
mation obtained using the delay-sum and the superdirec
methods, in which case a sound source located atu510° is a

FIG. 6. The directivity pattern of one microphone.~a! Simulation.~b! Mea-
surement.
2118 J. Acoust. Soc. Am., Vol. 117, No. 4, Pt. 1, April 2005
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random noise bandlimited to 8 kHz. An error analysis
DOA estimation obtained experimentally by the delay-su
beamformer and the superdirective beamformer is illustra
in Table III. The average DOA error of the superdirecti
beamformer is 0° vs 6° obtained using the delay-sum be
former. The former method significantly outperforms the l
ter one, owing to its narrower beamwidth~angle resolution!.

After the DOA was estimated, the beamformer in co
junction with beam steering was utilized to enhance
sound signals. Only the superdirective beamformer was
plied in the following tests because of its superior angle
sulution. The fractional delays should be carefully compe
sated using Lagrange interpolation. Otherwise, a la

FIG. 7. The directivity pattern of a broadside delay-sum array with fo
microphones equally spaced by 4 cm.~a! Simulation.~b! Measurement.

TABLE II. The measured SNRs and SNR gain of the single micropho
versus the four-element microphone array with with a 12 cm aperture.

Aperture size Microphone number SNR~dB! SNR gain~dB!

12 cm
One 46.1

11.6Four 57.7
M. R. Bai and C. Lin: Microphone array for 3D hearing
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steering error would arise, especially when the sampling
is low.

Following the beam-steering session, post-process
based on HRTFs was carried out to realize the 3-D spa
sound. When the location of the sound source is chan
HRTFs were also updated according to the new direc
found in the DOA session. In order to evaluate the effecti
ness of the system in localizing sound sources, a subjec
experiment was conducted. The listening test involved
human subjects. Random noise bandlimited to 8 kHz w

FIG. 8. The flow chart of array signal processing with 3-D spatial sou
restoration with the HRTF.
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te

g
al
d,
n
-
ve
n
s

used as the source. A headphone was employed as the
dering device. In the experiment, 11 positions, ranging fr
250° to 50° with 10° intervals, were preselected to positi
the source. The distance between the microphone array
the source was 2 m. The experiment was conducted in
anechoic chamber to minimize unwanted reflections. Fig
12 shows the result of the subjective localization experime
The perceived angles of source are in very good agreem
with the presented angles of the source since most
points fall on the diagonal of the plot. Figure 13 shows t
statistics of localization errors in a bar chart. It can be see
the result that the localization errors at610° and650° are
somewhat larger than the other angles. Overall, the ave
localization error is 11.7°~nearly one test interval!, and the
standard deviation is 6.5°. It is noted that the DOA estim
tion is quite accurate using the superdirective beamform
~0° from Table III!, and the discrepancy of the subjective te
is due predominantly to the HRTF database. In summ
these results reveal that the developed system is effectiv
creating a spatial sound field that allows for the practi
localization needs of human listeners.

IV. CONCLUSIONS

A microphone array accompanied with 3-D spatial po
processing system has been developed in this paper. A
signal processing algorithms are implemented on a DSP
tem to accommodate broadband acoustical applications
better SNR and directivity. To further enhance the directiv
at the low-frequency range, the superdirective method is
ploited in the beamformer design. The entire system cons
of a DOA estimation module, a beam steering module, a

d

FIG. 9. The block diagram of the array spatial sound system impleme
on a DSP, TMS320C32.
2119M. R. Bai and C. Lin: Microphone array for 3D hearing
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FIG. 10. The experimental results of the DOA estimation~in a linear scale! by the delay-sum and superdirective methods. The sound source is a pure ton
is located atu510°, as indicated by a vertical dotted line in the figure.~a! 500 Hz.~b! 1000 Hz.~a! 2000 Hz.~b! 4000 Hz.
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FIG. 11. The experimental results of the DOA estimation by the delay-s
and superdirective methods. The sound source is a random noise ban
ited to 8 kHz and located atu510°, as indicated by a vertical dotted line i
the figure.
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an HRTF post-processing module. It was suggested by
reviewer that, instead of free-field HRTFs, stero room
sponses should be used. However, the present paper di
choose this approach because we feel that the natural re
berations and responses of the room environment were
lost in beamforming. What had been lost was the informat
associated with human head scattering and diffraction.
addition, as another practical reason, filtering of room
sponses is known to be a computationally expensive op
tion, which is still prohibitive in the present DSP platform
used in the research.

m
im-

TABLE III. Error analysis of DOA estimation obtained by the delay-su
beamformer and the superdirective beamformer.

Source
Delay-sum
beamformer

Superdirective
beamformer

500 Hz sine 210° 0°
1 kHz sine 210° 0°
2 kHz sine 210° 0°
4 kHz sine 0° 0°
Broadband random 0° 0°
Average error 6° 0°
M. R. Bai and C. Lin: Microphone array for 3D hearing
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Simulations and experiments were carried out to inv
tigate the feasibility of the proposed array system. It w
found from the results that the array has achieved signific
improvement in terms of SNR as well as directivity. A su
jective listening experiment was conducted to examine
source localization performance using the present sys
The results indicate that the subjects are capable of locali
the presented source direction within an average erro
11.7°.

Although these preliminary tests reveal the potential
the present system, several limitations of the work should

FIG. 12. The results of the subjective listening experiment obtained u
the proposed array spatial sound system. The perceived angle~y axis! is
plotted versus the presented angle~x axis!. The 45° line stands for perfec
localization.

FIG. 13. The bar chart showing the statistics of localization errors of
subjective listening experiment for each presented angle. The average
ization error is 11.7° and the standard deviation is 6.5°.
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mentioned. First, the selected sampling rate of 16 kHz w
somewhat low because of the limited processing power
the present DSP we used. This gives an effective freque
range of less than 8 kHz, which might be insufficient f
sound signals other than speech. However, this limitation
minor and can be removed by using a faster DSP. Sec
the system works quite well with continuous and station
signals but may lose track of the source for transient sign
Tracking algorithms suited to transient signals remain to
investigated. Third, background noise and reflection in a l
room may seriously interfere the DOA estimation of t
present system—a problem common to array systems.
worth exploring in the future research algorithms for t
DOA estimation that are both sharp and robust in a reverb
ant environment.
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