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POSITION-INDEPENDENT MICROPHONE SYSTEM

Cross-Reference to Related Applications

This application claims the benefit of the filing date of U.S. provisional application no.
60/659,787, filed on 03/09/05 as attorney docket no. 1053.005PROV, the teachings of which are
incorporated herein by reference.

In addition, this application is a continuation-in-part of U.S. patent application no. 10/500,938,
filed on 07/08/04 as attorney docket no. 1053.001B, which is a 371 of PCT/US03/00741, filed on
01/10/03 as attorney docket no. 1053.001PCT, which itself claims the benefit of the filing date of U.S.
provisional application no. 60/347,656, filed on 01/11/02 as attorney docket no. 1053.001PROV and U.S.
patent application no. 10/315,502, filed on 12/10/02 as attorney docket no. 1053.001, the teachings of all

of which are incorporated herein by reference.

BACKGROUND OF THE INVENTION

Field of the Invention

The present invention relates to acoustics, and, in particular, to microphone arrays.

Description of the Related Art

A microphone array-based audio system typically comprises two units: an arrangement of (a) two
or more microphones (i.e., transducers that convert acoustic signals (i.e., sounds) into electrical audio
signals) and (b) a beamformer that combines the audio signals generated by the microphones to form an
auditory scene representative of at least a portion of the acoustic sound field. This combination enables
picking up acoustic signals dependent on their direction of propagation. As such, microphone arrays are
sometimes also referred to as spatial filters. Their advantage over conventional directional microphones,
such as shotgun microphones, is their high flexibility due to the degrees of freedom offered by the plurality
of microphones and the processing of the associated beamformer. The directional pattern of a microphone
array can be varied over a wide range. This enables, for example, steering the look direction, adapting the
pattern according to the actual acoustic situation, and/or zooming in to or out from an acoustic source. All
this can be done by controlling the beamformer, which is typically implemented in software, such that no
mechanical alteration of the microphone array is needed,

There are several standard microphone array geometries. The most common one is the linear
array. Its advantage is its simplicity with respect to analysis and construction. Other geometries include
planar arrays, random arrays, circular arrays, and spherical arrays. The spherical array has several
advantages over the other geometries. The beampattern can be steered to any direction in three-
dimensional (3-D) space, without changing the shape of the pattern. The spherical array also allows full

3D control of the beampattern.
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Speech pick-up with high signal-to-noise ratio (SNR) is essential for many communication
applications. In noisy environments, a common solution is based on farfield microphone array technology.
However, for highly noise-contaminated environments, the achievable gain might not be sufficient. In
these cases, a close-talking microphone may work better. Close-talking microphones, also known as noise-
canceling microphones, exploit the nearfield effect of a close source and a differential microphone array, in
which the frequency response of a differential microphone array to a nearfield source is substantially flat at
low frequencies up to a cut-off frequency. On the other hand, the frequency response of a differential
microphone array to a farfield source shows a high-pass behavior.

Figs. 1(a) and 1(b) graphically show the normalized frequency response of a first-order differential

microphone array over kd/2, where £ is the wavenumber (which is equal to 272/ 4, where A is

wavelength) and d is the distance between the two microphones in the first-order differential array, for
various distances and incidence angles, respectively, where an incidence angle of 0 degrees corresponds to
an endfire orientation. All frequency responses are normalized to the sound pressure present at the center
of the array. The thick curve in each figure corresponds to the farfield response at 0 degrees. The other
curves in Fig. 1(a) are for an incidence angle of 0 degrees, and the other curves in Fig. 1(b) are for a
distance  of 2d. The improvement in SNR corresponds to the area in the figure between the close-talking
response and the farfield response. Note that the improvement is actually higher than can be seen in the
figures due to the 1/r behavior of the sound pressure from a point source radiator. This effect is eliminated
in the figure by normalizing the sound pressure in order to concentrate on the close-talking effect. It can
be seen that the noise attenuation as well as the frequency response of the array depend highly on the
distance and orientation of the close-taking array relative to the nearfield source.

Heinz Teutsch and Gary W. Elko, "An adaptive close-talking microphone array," Proceedings of
the WASSPA, New Paltz, NY, Oct. 2001, the teachings of which are incorporated herein by reference,
describe an adaptive method that estimates the distancés and the orientation of a close-talking array based
on time delay of arrival (TDOA) and relative signal level. The estimated parameters are used to generate a
correction filter resulting in a flat frequency response for the close-talking array independent of array
position. While this method provides a large improvement over conventional close-talking microphone
arrays, it does not allow recovering the loss in attenuation of farfield sources due to orientation of the
microphone array. As can be seen in Fig. 1(b), this loss can be significant. In addition, the array will
become more sensitive to the orientation with increasing differential order as the main lobe becomes
narrower.

SUMMARY OF THE INVENTION

According to one embodiment, the present invention is a method for processing audio signals
corresponding to sound received from a sound source. A plurality of audio signals are received, where

each audio signal has been generated by a different sensor of a microphone array. The plurality of audio
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signals are decomposed into a plurality of eigenbeam outputs, wherein each eigenbeam output corresponds
to a different eigenbeam for the microphone array. Based on one or more of the eigenbeam outputs,
compensation data is generated corresponding to at least one of (1) an estimate of distance between the
microphone array and the sound source and (i) an estimate of orientation of the sound source relative to
the microphone array. An auditory scene is generated from one or more of the eigenbeam outputs, wherein
generation of the auditory scene comprises compensation based on the compensation data.

According to another embodiment, the present
invention is an audio system for processing audio signals corresponding to sound received from a sound
source. The audio system comprises a modal decomposer and a modal beamformer. The modal
decomposer (1) receives a plurality of audio signals, each audio signal having been generated by a different
sensor of a microphone array, and (2) decomposes the plurality of audio signals into a plurality of
eigenbeam outputs, wherein each eigenbeam output corresponds to a different eigenbeam for the
microphone array. The modal beamformer (1) generates, based on one or more of the eigenbeam outputs,
compensation data corresponding to at least one of (1) an estimate of distance between the microphone
array and the sound source and (ii) an estimate of orientation of the sound source relative to the
microphone array, and (2) generates an auditory scene from one or more of the eigenbeam outputs, wherein
generation of the auditory scene comprises compensation based on the compensation data.

BRIEF DESCRIPTION OF THE DRAWINGS

Other aspects, features, and advantages of the present invention will become more fully apparent

from the following detailed description, the appended claims, and the accompanying drawings in which
like reference numerals identify similar or identical elements.

Figs. 1(a) and 1(b) graphically show the normalized frequency response of a first-order differential
microphone array for various distances and incidence angles;

Fig. 2 shows a schematic diagram of a four-sensor microphone array;

Fig. 3 graphically represents the spherical coordinate system used in this specification;

Fig. 4 shows a block diagram of a first-order audio system, according to one embodiment of the
present invention;

Figs. 5(a) and 5(b) show graphical representations of the magnitudes of the normalized nearfield
and farfield mode strengths for spherical harmonic orders n=0,1,2,3 for a continuous spherical microphone
covering the surface of an acoustically rigid sphere;

Fig. 6 shows a block diagram of the structure of an exemplary implementation of the modal
decomposer of Fig. 4 based on the real and imaginary parts of the spherical harmonics;

Fig. 7 shows a schematic diagram of a twelve-sensor microphone array; and

Fig. 8 shows a block diagram of a second-order audio system, according to one embodiment of the

present invention.
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DETAILED DESCRIPTION

According to certain embodiments of the present invention, a microphone array consisting of a

plurality of audio sensors (e.g., microphones) generates a plurality of (time-varying) audio signals, one
from each audio sensor in the array. The audio signals are then decomposed (e.g., by a digital signal
processor or an analog multiplication network) into a (time-varying) series expansion involving discretely
sampled (e.g., spherical) harmonics, where each term in the series expansion corresponds to the (time-
varying) coefficient for a different three-dimensional eigenbeam,

Note that the number and location of microphones in the array determine the order of the harmonic
expansion, which in turn determines the number and types of eigenbeams in the decomposition. For
example, as described in more detail below, an array having four appropriately located microphones
supports a discrete first-order harmonic expansion involving one zero-order eigenbeam and three first-
order eigenbeams, while an array having nine appropriately located microphones supports a discrete
second-order harmonic expansion involving one zero-order eigenbeam, three first-order eigenbeams, and
five second-order eigenbeams.

The set of eigenbeams form an orthonormal set such that the inner-product between any two
discretely sampled eigenbeams at the microphone locations, is ideally zero and the inner-product of any
discretely sampled eigenbeam with itself is ideally one. This characteristic is referred to herein as the
discrete orthonormality condition. Note that, in real-world implementations in which relatively small
tolerances are allowed, the discrete orthonormality condition may be said to be satisfied when (1) the inner-
product between any two different discretely sampled eigenbeams is zero or at least close to zero and 2)
the inner-product of any discretely sampled eigenbeam with itself is one or at least close to one. The time-
varying coefficients corresponding to the different eigenbeams are referred to herein as eigenbeam outputs,
one for each different eigenbeam.

The eigenbeams can be used to generate data corresponding to estimates of the distance and the
orientation of the sound source relative to the microphone array. The orientation-related data can then be
used to process the audio signals generated by the microphone array (either in real-time or subsequently,
and either locally or remotely, depending on the application) to form and steer a beam in the estimated
direction of the sound source to create an auditory scene that optimizes the signal-to-noise ratio of the
processed audio signals. Such beamforming creates the auditory scene by selectively applying different
weighting factors (corresponding to the estimated direction) to the different eigenbeam outputs and
summing together the resulting weighted eigenbeams.

In addition, the distance-related data can be used to compensate the frequency and/or amplitude
responses of the microphone array for the estimated separation between the sound source and the

microphone array.
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In this way, the microphone array and its associated signal processing elements can be operated as
a position-independent microphone system that can be steered towards the sound source without having to
change the location or the physical orientation of the array, in order to achieve substantially constant
performance for a sound source located at any arbitrary orientation relative to the array and located over a
relatively wide range of distances from the array spanning from the nearfield to the farfield.

An extension of the compensation for the nearfield effect as described above is the use of position
and orientation information to effect a desired modification of the audio output of the microphone. Thus,
one can use the distance and orientation signals to make desired real-time modifications of the audio
stream derived from the microphone distance and orientation of the microphone. For instance, one could
conirol a variable filter that would alter its settings as a function of position or orientation. Also, one could
use the distance estimate to control the suppression of the microphone output, thereby increasing the
attenuation of the microphone to yield a desired attenuation that could either exceed or lower the
attenuation of the microphone output signal. One could define regions (distance and orientation) of
desired signals and regions of suppression of unwanted sources.

In order to make a particular-order harmonic expansion practicable, embodiments of the present
invention are based on microphone arrays in which a sufficient number of audio sensors are mounted on
the surface of a suitable structure in a suitable pattern. For example, in one embodiment, a number of
audio sensors are mounted on the surface of an acoustically rigid sphere in a pattern that satisfies or nearly
satisfies the above-mentioned discrete orthonormality condition. (Note that the present invention also
covers embodiments whose sets of beams are mutually orthogonal without requiring all beams to be
normalized.) As used in this specification, a structure is acoustically rigid if its acoustic impedance is
much larger than the characteristic acoustic impedance of the medium sutrounding it. The highest
available order of the harmonic expansion is a function of the number and location of the sensors in the
microphone array, the upper frequency limit, and the radius of the sphere.

In alternative embodiments, the audio sensors are not mounted on the surface of an acoustically
rigid sphere. For example, the audio sensors could be mounted on the surface of an acoustically soft
sphere or even an open sphere.

First-Order Audio System

Fig. 2 shows a schematic diagram of a four-sensor microphone array 200 having four microphones
202 positioned on the surface of an acoustically rigid sphere 204 at the spherical coordinates specified in
Table I, where the origin is at the center of the sphere, the Z axis passes through one of the four
microphones (Microphone #1 in Table I), the elevation angle is measured from the Z axis, and the azimuth
angle is measured from the X axis in the XY plane, as indicated by the spherical coordinate system

represented in Fig. 3. Microphone array 200 supports a discrete first-order harmonic expansion involving

the zero-order eigenbeam ¥, and the three first-order eigenbeams (YI_I , Ylo, K') .
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TABLE I. FOUR-MICROPHONE ARRAY

Microphone Azimuth Angle (¢) Elevation Angle (9)
#1 0° 0°
#2 0° 109.5°
#3 120° 109.5°
#4 240° 109.5°

Fig. 4 shows a block diagram of a first-order audio system 400, according to one embodiment of
the present invention, based on microphone array 200 of Fig. 2. Audio system 400 comprises the four
microphones 202 of Fig. 2 mounted on acoustically rigid sphere 204 (not shown in Fig. 4) in the locations
specified in Table I. In addition, audio system 400 includes a modal decomposer (i.e., eigenbeam former)
402, a modal beamformer 404, and an (optional) audio processor 406. In this particular embodiment,
modal beamformer 404 comprises distance estimation unit 408, orientation estimation unit 410, direction
compensation unit 412, response compensation unit 414, and beam combination unit 416, each of
which will be discussed in further detail later in this specification.

Each microphone 202 in system 400 generates a time-varying analog or digital (depending on the

implementation) audio signal x; corresponding to the sound incident at the location of that microphone,
where audio signal x, is transmitted to modal decomposer 402 via some suitable (e.g., wired or wireless)

connection.

Modal decomposer 402 decomposes the audio signals generated by the different microphones to
generate a set of time-varying eigenbeam outputs Y, where each eigenbeam output corresponds to a

different eigenbeam for the microphone array. These eigenbeam outputs are then processed by
beamformer 404 to generate a steered beam 417, which is optionally processed by audio processor 406 to
generate an output auditory scene 419, In this specification, the term "auditory scene" is used generically
to refer to any desired output from an audio system, such as system 400 of Fig. 4. The definition of the
particular auditory scene will vary from application to application. For example, the output generated by
beamformer 404 may correspond to a desired beam pattern steered towards the sound source.

As shown in Fig. 4, distance estimation unit 408 receives the four eigenbeam outputs from
decomposer 402 and generates an estimate of the distance 7, between the center of the microphone array
and the source of the sound signals received by the microphones of the array. This estimated distance is
used to generate filter weights 405, which are applied by response compensation unit 414 to compensate

the frequency and amplitude response of the microphone array for the distance between the array and the
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sound source. In addition, distance estimation unit 408 generates distance information 407 , Which is
applied to both beam combination unit 416 and audio processor 406.

In one possible implementation, if the estimated distance r; is less than a specified distance
threshold value (e.g., about eight times the radius of the spherical array), then distance estimation unit 408
determines that the sound source is a nearfield sound source. Alternatively, distance estimation unit 408
can compare the difference between beam levels against a suitable threshold value. If the level difference
between two different eigenbeam orders is smaller than the specified threshold value, then the sound
source is determined to be a nearfield sound source,

In any case, if the sound source is determined to be a nearfield sound source, then distance
estimation unit 408 transmits a control signal 409 to turn on orientation estimation unit 41 0. Otherwise,
distance estimation unit 408 determines that the sound source is a farfield sound source and configures
control signal 409 to turn off orientation estimation unit 410. In another possible implementation,

orientation estimation unit 410 is always on, and control signal 409 can be omitted.
As indicated in Fig, 4, orientation estimation unit 410 receives the three eigenbeam outputs 7" of

order n=1 and generates steering weights 411, which depend on the angular orientation of the microphone

array to the sound source. These steering weights are used by direction compensation unit 412 to
compensate the three eigenbeam outputs Y™ of order n=1 for that estimated angular orientation. In effect,

direction compensation unit 412 processes the three first-order eigenbeam outputs to form and steer a first-
order beam 413 of the microphone array towards the estimated direction of the sound source. Itis to this
first-order beam that response compensation unit 414 applies its frequency and amplitude compensation
based on filter weights 405 received from distance estimation unit 408. Note that, if orientation estimation
unit 410 is off, then direction compensation unit 412 can be designed to apply a set of default steering
weights to form and steer first-order beam 413 in a default direction (e.g., maintain the last direction or
steer to a default zero-position marked on the array).

In addition, orientation estimation unit 410 generates direction information 421, which is applied
to both beam combination unit 416 and audio processor 406.

Beam combination unit 416 combines (e.g., sums) the compensated first-order beam 415 generated

by response compensation unit 414 with the zero-order beam represented by the eigenbeam output ¥ to

generate steered beam 417. In applications in which only first-order beam 415 is needed, beam
combination unit 416 may be omitted and first-order beam 415 may be applied directly to audio processor
406. The output of beamformer 404 is steered beam 417 generated by the four-sensor microphone array
whose sensitivity has been optimized in the estimated direction of the sound source and whose frequency
and amplitude response has been compensated based on the estimated distance between the array and the

sound source.
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As suggested earlier, depending on the particular application, audio processor 406 can be provided
to perform suitable audio processing on steered beam 417 to generate the output auditory scene 419,

Beamformer 404 exploits the geometry of the spherical array and relies on the spherical harmonic
decomposition of the incoming sound field by decomposer 402 to construct a desired spatial response.
Beamformer 404 can provide continuous steering of the beampattern in 3-D space by changing a few
scalar multipliers, while the filters determining the beampattern itself remain constant. The shape of the
beampattern is invariant with respect to the steering direction. Instead of using a filter for each audio
sensor as in a conventional filter-and-sum beamformer, beamformer 404 needs only one filter per spherical
harmonic, which can significantly reduce the computational cost.

Audio system 400 with the spherical array geometry of Table I enables accurate control over the
beampattern in 3-D space. In addition to focused beams, system 400 can also provide multi-direction
beampatterns or toroidal beampatterns giving uniform directivity in one plane. These properties can be
useful for applications such as general multichannel speech pick-up, video conferencing, or direction of
arrival (DOA) estimation. It can also be used as an analysis tool for room acoustics to measure directional
properties of the sound field.

Audio system 400 offers another advantage: it supports decomposition of the sound field into
mutually orthogonal components, the eigenbeams (e.g., spherical harmonics) that can be used to reproduce
the sound field. The eigenbeams are also suitable for wave field synthesis (WFS) methods that enable
spatially accurate sound reproduction in a fairly large volume, allowing reproduction of the sound field that
is present around the recording sphere. This allows a wide variety of general real-time spatial audio
applications.

Eigenbeam Decomposition

This section describes the mathematics underlying the processing of modal decomposer 402 of Fig.

A spherical acoustic wave can be described according to Equation (1) as follows:

ei(ml—kR)

G(k,R,1)= 4

A< R, ¢))

where & is the wave number, i is the imaginary constant (i.e., positive root of ~1), R is the distance between
the source of the sound signals and the measurement point, and 4 is the source dimension (also referred to
as the source strength).

Expanding Equation (1) into a series of spherical harmonics yields Equation (2) as follows:

OlkRo R )= ~dethsl, 5 )b 1) 3 (0,00 (8,0).

m=-n
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where the symbol "*" represents complex conjugate, R, is the sensor position [lf‘., &, (p“,] , Ry is the source

position |7 [ 3., L] B® is the spherical Hankel function of the second kind, ¥" is the spherical
harmonic of order » and degree m, and b, is the normalized farfield mode strength. The spherical

harmonics ¥ are defined according to Equation (3) as follows:

. 2n+ 1 (n m! .
g (3’40) J 4z (n+1 I (COS 3))6 " @)

where P, are the associated Legendre polynomials, Spherical harmonics possess the desirable property

of orthonormality. For sensors mounted on an acoustically rigid sphere with radius a, where the center of
the sphere is located at the origin of the coordinate system, the normalized farfield mode strength b, is

defined according to Equation (4) as follows:

plka) |
(2)(k)

where the prime symbol represents derivative with respect to the argument, and j, is the spherical Bessel

b,(ka) = j,(ka)- ka), )

function of order ».

The orthonormal component Y,?"'(LQ_‘., (oﬁ,) corresponding to the spherical harmonic of order 7 and
degree m of the soundfield can be extracted if the spherical microphone involves a continuous aperture
sensitivity M| (5{,, (z)x) that is proportional to that component. Using a microphone with this sensitivity

results in an output ¢, that represents the corresponding orthonormal component of the soundfield

according to Equation (5) as follows:

Cnm - kh)EZ) (er )bn(ka)};m(‘gL’ ¢L)
b“'(kr“ka)};’"(,gu C”L) ’

&)

I

n

where b is the normalized nearfield mode strength. Note that the constant factor 4774 has been
neglected in Equation (5).

Fig. 5 shows graphical representations of the magnitudes of the normalized nearfield mode
strength b; (solid lines) and the farfield mode strength b, (dashed lines) for spherical harmonic orders

7=0,1,2,3 for a continuous spherical microphone covering the surface of an acoustically rigid sphere. In
particular, for Fig. 5(a), the distance r; from the center of the sphere to the sound source is 2a, while, for
Fig. 5(b), r;=8a, where a is the radius of the sphere.

Distance Estimation

This section describes the mathematics underlying the processing of distance estimation unit 408
of Fig. 4.
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As suggested by Figs. 5(a) and 5(b), the distance 7, between the sound source and the microphone
array can be estimated from the level differences between any two orders at low frequencies. For a general
orientation of the array, the energy of the nth order mode is distributed across the mode's different degrees

m. The overall energy for a mode of order 1 can be found using Equation (6) as follows:

2 2n+1 2
g, = =|¥°(0,0)( . 6
2 [5(8.0) = == [ 00) (©)
The overall mode strength is determined by combining Equations (5) and (6) to yield Equation (7)
as follows:
2 2n+1) 2
Com Z l k’L ’ ka '9L ’ (DL)’ = A 'bﬂ (er ? ka)~ : ™

m=—n m=~n
A low-frequency approximation of the normalized mode strength reveals a relatively simple
expression for the ratios that can be used to determine the distance 7;. For the modes of order n=0,1,2,

these ratios are given by Equations (8) as follows:

G.a L _a b 2 ®
by 2r’ b 32’ b~ 3,

Combining Equations (7) and (8), the distance ry, can be computed using the ratio of the zero- and

first-order modes according to Equation (9) as follows:

ol
B E 2 Coo
= a 1

4 Zm=—1 ¢

Alternatively, the distance 7;, can be computed using the ratio of the first- and second-order modes

7 ®

1m

according to Equation (10) as follows:

o= 20 az Zm——]lclmlz ) (10)

2
7 Z m==2 sz
Orientation Estimation and Direction Compensation

This section describes the mathematics underlying the processing of orientation estimation unit

410 and direction compensation unit 412 of F ig. 4.

For best SNR-gain performance, the maximum sensitivity of the microphone array should be
oriented towards the sound source. Once the overall mode strength for order # is determined using
Equation (7), the contribution of each mode of order 7 and degree m, represented by the value of the

corresponding spherical harmonic, can be found using Equation (11) as follows:

2
c

nm

1 (80.))= | )

2n+1 Z p==n

-
¢l
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The phase of the spherical harmonic can be recovered by comparing the phase of the signals ¢,,,.
Note that it is not important to know the absolute phase. Using Equation (6), the complex conjugate of the
recovered values of the spherical harmonics are the steering coefficients to obtain the maximum output

signal y according to Equation (12) as follows:

y= e’a icnnty;znw(‘gL’goL) = ela 23; lbr: ? (12)

n=-~n

where o is the unknown absolute phase.
The steering operation is analogous to an optimal weight-and-sum beamformer that maximizes the
SNR towards the look-direction by compensating for the travel delay (done here using the complex

conjugate) and by weighting the signals according to the pressure magnitude. In order to maintain the
magnitude of the eigenbeams, the steering weights should be normalized by 1/47[/ (2n+1).
Response Compensation

This section describes the mathematics underlying the processing of response compensation unit
414 of Fig. 4.

Given the distance 7, from the microphone array to the sound source, e. g., as estimated using
Equation (9) or (10), the frequency response of a correction filter for response compensation unit 414 can
be computed. The ideal compensation is equal to l/ b, (kr,, ka). However, this might not be practical for
some applications, since it could be computationally expensive. One technique is to compute a set of
compensation filters in advance for different distances. Response compensation unit 414 can then select
and switch between different pre-computed filters depending on the estimated distance. Temporal
smoothing should be implemented to ax;oid a hard transition from one filter to another.

Another technique is to break the frequency response down into several simpler filters. The

frequency response of the eigenbeams can be expressed according to Equation (13) as follows:

b (kr,  ka) = kh,fz’(er)m, (13)

where the first term on the right-hand side of the equation is a nearfield term, and the second term is a
farfield term. The farfield term is equivalent to Equation (4) expressed in a different way. For most
applications, the radius of the spherical array will be sufficiently small to allow the use of the low-

frequency approximation for the farfield term according to Equation (14) as follows:

ka ka)®
bl (ka) » - for ka<l;, b (ka)= Lgl for ka<1, (14)
where the superscript f denotes the farfield response.
The nearfield response can be written as a polynomial. For the second-order node, the nearfield

response may be given by Equation (15) as follows:
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2
()= z'(3+ 3ikr, - (kr,) )
b\kr, )= — 3 , (15)
¥, ( er)
and, for the first-order mode, the nearfield response may be given by Equation (16) as follows:
1 -i+ kr
b'(kr,) = ————%, 16
I ( L) v, I, (16)

where the superscript 1 denotes the nearfield response. Note that Equations (15) and (16) omit the linear
phase component exp(-ikr;), which is implicitly included in the original nearfield term in Equation (13)
within A,

Beam Combination

This section describes the processing of beam combination unit 416 of Fig. 4.
In one possible implementation, beam combination unit 416 generates steered beam 417 by simply
adding together the compensated first-order beam 415 generated by response compensation unit 414 and

the zero-order beam represented by the eigenbeam output ¥;. In other implementations, the first- and

zero-order beams can be combined using some form of weighted summation.

Since the underlying associated signal processing yields distance and direction estimates of the
sound source, one could also determine whether the sound source is a nearfield source or a farfield source
(e.g., by thresholding the distance estimate). As such, beam combination unit 416 can be implemented to
be adjusted either adaptively or through a computation dependent on the estimation of the direction of a
farfield source. This computed or adapted farfield beamformer could be operated such that the output
power of the microphone array is minimized under a constraint that nearfield sources will not be
significantly attenuated. In this way, farfield signal power can be minimized without significantly affecting
any nearfield signal power.

Other Exemplary Embodiments

Fig. 4 shows first-order audio system 400, which generates a steered beam 417 having zero-order
and first-order components, based on the audio signals generated by the four appropriately located audio
sensors 202 of microphone array 200 of Fig. 2. In alternative embodiments of the present invention,
higher-order audio systems can be implemented to generate steered beams having higher-order
components, based on the audio signals generated by an appropriate number of appropriately located audio
sensors,

For example, Fig. 7 shows a schematic diagram of a twelve-sensor microphone array 700 having
twelve microphones 702 positioned on the surface of an acoustically rigid sphere 704 at the spherical
coordinates specified in Table II, where the origin is at the center of the sphere, the elevation angle is
measured from the Z axis, and the azimuth angle is measured from the X axis in the XY plane, as indicated

by the spherical coordinate system represented in Fig. 3. Microphone array 700 supports a discrete
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second-order harmonic expansion involving the zero-order eigenbeam 7, the three first-order eigenbeams

(YI"I,YIO,YII) » and the five second-order eigenbeams (Ig"z,Yz“ Ly, Y;,Y;Z). Note that, although nine is

the minimum number of appropriately located audio sensors for a second-order harmonic expansion, more

than nine appropriately located audio sensors can also be used to support a second-order harmonic

expansion,
TABLE II. TWELVE-MICROPHONE ARRAY
Microphone Azimuth Angle (¢) Elevation Angle (8)
#1 0° 121.7°
#2 301.7° 90°
#3 270° 31.7°
#4 0° 58.3°
#5 238.3° 90°
#6 90° 148.3°
#7 180° 121.7°
#8 121.7° 90°
#9 90° 31.7°
#10 180° 58.3°
#11 58.3° 90°
#12 270° 148.3°

Fig. 8 shows a block diagram of a second-order audio system 800, according to one embodiment of
the present invention, based on microphone array 700 of Fig. 7. Audio system 800 comprises the twelve
microphones 702 of Fig. 7 mounted on acoustically rigid sphere 704 (not shown in Fig. 8) in the locations
specified in Table I. In addition, audio system 800 includes a modal decomposer (ie., eigenbeam former)
802, a modal beamformer 804, and an (optional) audio processor 806. In this particular embodiment,
modal beamformer 804 comprises distance estimation unit 808, orientation estimation unit 810, direction
compensation unit 812, response compensation unit 814, and beam combination unit 816.

The various processing units and signals of second-order audio system 800 shown in Fig. 8 are
analogous to corresponding processing units and signals of first-order audio system 400 shown in Fig, 4.

Note that, in addition to generating the zero-order eigenbeam ¥ and the three first-order eigenbeams

(K’l, Y;O,Yl]) , decomposer 802 generates the five second-order eigenbeams (YZ'Z,YZ'I, bAN 4 Yf) , which
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are applied to distance estimation unit 808, orientation estimation unit 810, and direction compensation
unit 812.

In one possible implementation, the processing of distance estimation unit 808 is based on
Equations (8) and (10), while the processing of orientation estimation unit 810 and direction compensation
unit 812 is based on Equations (11) and (12). Note that direction compensation unit 812 generates two
beams 813: a first-order beam (analogous to first-order beam 413 in Fig. 4) and a second-order beam.
Similarly, response compensation unit 814 generates two compensated beams 815: one for the first-order
beam received from direction compensation unit 812 and one for the second-order beam received from
direction compensation unit 812. Note further that beam combination unit 816 combines (e.g., sums) the
first- and second-order compensated beams 815 received from response compensation unit 814 with the

zero-order beam represented by the eigenbeam output ¥, to generate steered beam 817. In one possible

implementation, the processing of response compensation unit 814 is based on Equations (13)-(15).

Another possible embodiment involves a microphone array having only two audio sensors. In this
case, the two microphone signals can be decomposed into two eigenbeam outputs: a zero-order eigenbeam
output corresponding to the sum of the two microphone signals and a first-order eigenbeam output
corresponding to the difference between the two microphone signals. Although orientation estimation
would not be performed, the distance r; from the midpoint of the microphone array to a sound source can
be estimated based on the first expression in Equation (8), where (i) @ is the distance between the two
microphones in the array and (ii) the two microphones and the sound source are substantially co-linear
(i.e., the so-called endfire orientation). As before, the estimated distance can be thresholded to determine
whether the sound source is a nearfield source or a farfield source. This would enable, for example,
farfield signal energy to be attenuated, while leaving nearfield signal energy substantially unattenuated,
Note that, for this embodiment, the modal beamformer can be implemented without an orientation
estimation unit and a direction compensation unit.
Implementation Issues

From an implementation point of view, it may be advantageous to work with real values rather
than the complex spherical harmonics. For example, this would enable a straightforward time-domain
implementation. The following property of Equation (17) is based on the definition of the spherical
harmonics in Equation (3):

s (- (a7
Using this property, which is based on the even and odd symmetry properties of functions,

expressions for the real and imaginary parts of the spherical harmonics can be derived according to

Equations (18) and (19) as follows:
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—;—(K,”%X,' "’) = Re{){,’"} for m even, (18)
= i Im{K,'”} for m odd.
%(1;”'-1{;"') = Re{y"} formodd, 19

= iIm{K,’"} for meven.

Using these equations, the results of the previous sections can be modified to be based on the real-valued
real and imaginary parts of the spherical harmonics rather than the complex spherical harmonics
themselves.

In particular, the eigenbeam weights from Equation (3) are replaced by the real and imaginary parts
of the spherical harmonics. In this case, the structure of modal decomposer 402 of Fig. 4 is shown in Fig,

6. As shown in Fig. 6, the S microphone signals x, are applied to decomposer 402, which consists of
several weight-and-add beamformers. Fig. 6 depicts the appropriate weighting for generating Re{Y]'(Q)}

(i.e., the real part of the eigenbeam of order n=1 and degree m=1), where the symbol Q  represents the

spherical coordinates [S.‘,, ga.‘.] of the location for sensor s. The other eigenbeams are generated in an

analogous manner.

For one possible implementation, all eigenbeams of two different orders n are used, where each
order 1 has 2n+1 components. For example, using the zero and first orders involves four eigenbeams: the
single zero-order eigenbeam and the three first-order eigenbeams. Alternatively, using the first and second
orders involves eight eigenbeams: the three first-order eigenbeams and the five second-order eigenbeams.
Applications

Referring again to Fig. 4, the processing of the audio signals from the microphone array comprises
two basic stages: decomposition and beamforming. Depending on the application, this signal processing
can be implemented in different ways.

Tn one implementation, modal decomposer 402 and beamformer 404 are co-located and operate
together in real time. In this case, the eigenbeam outputs generated by modal decomposer 402 are
provided immediately to beamformer 404 for use in generating one or more auditory scenes in real time,
The control of the beamformer can be performed on-site or remotely.

In another implementation, modal decomposer 402 and beamformer 404 both operate in real time,
but are implemented in different (i.e., non-co-located) nodes. In this case, data corresponding to the
eigenbeam outputs generated by modal decomposer 402, which is implemented at a first node, are

transmitted (via wired and/or wireless connections) from the first node to one or more other remote nodes,
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within each of which a beamformer 404 is implemented to process the eigenbeam outputs recovered from
the received data to generate one or more auditory scenes.

In yet another implementation, modal decomposer 402 and beamformer 404 do not both operate at
the same time (i.e., beamformer 404 operates subsequent to modal decomposer 402). In this case, data
corresponding to the eigenbeam outputs generated by modal decomposer 402 are stored, and, at some
subsequent time, the data is retrieved and used to recover the eigenbeam outputs, which are then processed
by one or more beamformers 404 to generate one or more auditory scenes. Depending on the application,
the beamformers may be either co-located or non-co-located with the modal decomposer.

Each of these different implementations is represented generically in Fig, 4 by channels 403
through which the eigenbeam outputs generated by modal decomposer 402 are provided to beamformer
404. The exact implementation of channels 403 will then depend on the particular application. In Fig. 4,
channels 403 are represented as a set of parallel streams of eigenbeam output data (i.e., one time-varying
eigenbeam output for each eigenbeam in the spherical harmonic expansion for the microphone array).

In certain applications, a single beamformer, such as beamformer 404 of Fig. 4, is used to generate
one output beam. In addition or alternatively, the eigenbeam outputs generated by modal decomposer 402
may be provided (either in real-time or non-real time, and either locally or remotely) to one or more
additional beamformers, each of which is capable of independently generating one output beam from the
set of eigenbeam outputs generated by decomposer 402.

Although the present invention has been described primarily in the context of a microphone array
comprising a plurality of audio sensors mounted on the surface of an acoustically rigid sphere, the present
invention is not so limited. For example, other acoustic impedances are possible, such as an open sphere
or a soft sphere. Also, in reality, no physical structure is ever perfectly spherical, and the present invention
should not be interpreted as having to be limited to such ideal structures. Moreover, the present invention
can be implemented in the context of shapes other than spheres that support orthogonal harmonic
expansion, such as "spheroidal” oblates and prolates, where, as used in this specification, the term
"spheroidal" also covers spheres. In general, the present invention can be implemented for any shape that
supports orthogonal harmonic expansion including cylindrical shapes. It will also be understood that
certain deviations from ideal shapes are expected and acceptable in real-world implementations. The same
real-world considerations apply to satisfying the discrete orthonormality condition applied to the locations
of the sensors. Although, in an ideal world, satisfaction of the condition corresponds to the mathematical
delta function, in real-world implementations, certain deviations from this exact mathematical formula are
expected and acceptable. Similar real-world principlés also apply to the definitions of what constitutes an
acoustically rigid or acoustically soft structure.

The present invention may be implemented as (analog, digital, or a hybrid of both analog and

digital) circuit-based processes, including possible implementation on a single integrated circuit,
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Moreover, the present invention can be implemented in either the time domain or equivalently in the
frequency domain. As would be apparent to one skilled in the art, various functions of circuit elements
may also be implemented as processing steps in a software program. Such software may be employed in,
for example, a digital signal processor, micro-controller, or general-purpose computer.

The present invention can be embodied in the form of methods and apparatuses for practicing
those methods. The present invention can also be embodied in the form of program code embodied in
tangible media, such as floppy diskettes, CD-ROMs, hard drives, or any other machine-readable storage
medium, wherein, when the program code is loaded into and executed by a machine, such as a computer,
the machine becomes an apparatus for practicing the invention. The present invention can also be
embodied in the form of program code, for example, whether stored in a storage medium, loaded into
and/or executed by a machine, or transmitted over some transmission medium or carrier, such as over
electrical wiring or cabling, through fiber optics, or via electromagnetic radiation, wherein, when the
program code is loaded into and executed by a machine, such as a computer, the machine becomes an
apparatus for practicing the invention. When implemented on a general-purpose processor, the program
code segments combine with the processor to provide a unique device that operates analogously to specific
logic circuits.

Unless explicitly stated otherwise, each numerical value and range should be interpreted as being
approximate as if the word “about” or “approximately” preceded the value of the value or range.

Reference herein to "one embodiment" or "an embodiment" means that a particular feature,
structure, or characteristic described in connection with the embodiment can be included in at least one
embodiment of the invention. The appearances of the phrase "in one embodiment" in various places in the
specification are not necessarily all referring to the same embodiment, nor are separate or alternative
embodiments necessarily mutually exclusive of other embodiments, The same applies to the term
"implementation."

It will be further understood that various changes in the details, materials, and arrangements of the
parts which have been described and illustrated in order to explain the nature of this invention may be
made by those skilled in the art without departing from the principle and scope of the invention as
expressed in the following claims. Although the steps in the following method claims, if any, are recited in
a particular sequence with corresponding labeling, unless the claim recitations otherwise imply a particular
sequence for implementing some or all of those steps, those steps are not necessarily intended to be limited

to being implemented in that particular sequence.
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CLAIMS

What is claimed is:

1. A method for processing audio signals corresponding to sound received from a sound source, the
method comprising:

(a) receiving a plurality of audio signals, each audio signal having been generated by a different sensor
of a microphone array;

(b) decomposing the plurality of audio signals into a plurality of eigenbeam outputs, wherein each
eigenbeam output corresponds to a different eigenbeam for the microphone array;

(¢) generating, based on one or more of the eigenbeam outputs, compensation data corresponding to at
least one of (i) an estimate of distance between the microphone array and the sound source and (ii) an
estimate of orientation of the sound source relative to the microphone array; and

(d) generating an auditory scene from one or more of the eigenbeam outputs, wherein generation of the

auditory scene comprises compensation based on the compensation data,

2. The invention of claim 1, wherein:

the compensation data comprises distance-based compensation data corresponding to the estimated
distance;

the compensation comprises frequency response compensation based on the distance-based

compensation data.

3. The invention of claim 2, wherein the distance-based compensation data is based on a comparison

of overall mode strengths for two or more different mode orders of the eigenbeams.

4. The invention of claim 2, wherein:
step (c) further comprises determining whether or not the sound source is a nearfield sound source; and
the compensation further comprises direction compensation only if the sound source is determined to

be a nearfield sound source.

5. The invention of claim 1, wherein:
the compensation data comprises orientation-based compensation data corresponding to the estimated -
orientation; and

the compensation comprises direction compensation based on the orientation-based compensation data.

6. The invention of claim 5, wherein the orientation-based compensation data for an eigenbeam of

mode order 1 and mode degree m is based on a ratio between mode strength of the eigenbeam of degree m



10

15

20

25

30

35

WO 2006/110230 PCT/US2006/007800

-19-

and an overall mode strength for mode order 7 and the relative phase of the eigenbeam of degree m relative

to a reference eigenbeam,

7. The invention of claim 5, wherein the direction compensation comprises steering a beam formed

from the eigenbeams in a direction based on the estimated orientation,

8. The invention of claim 7, wherein steering the beam comprises:
applying a weighting value to each eigenbeam output to form a weighted eigenbeam; and

combining the weighted eigenbeams to generate the steered beam.

9. The invention of claim 5, wherein:
the direction compensation is applied to eigenbeam outputs of mode order greater than zero to generate
a steered beam; and

the steered beam is combined with a zero-order eigenbeam output to generate the auditory scene.

10. The invention of claim 9, wherein the combination of the steered beam and the zero-order
eigenbeam output attenuates farfield signal energy while leaving nearfield signal energy substantially

unattenuated in the auditory scene.

11. The invention of claim 1, wherein:

receiving the plurality of audio signals further comprises generating the plurality of audio signals using
the microphone array;

the eigenbeams correspond to (1) spheroidal harmonics based on a spherical, oblate, or prolate
configuration of the sensors in the microphone array or (ii) cylindrical harmonics based on cylindrical
configuration of the sensors in the microphone array; and

the arrangement of the sensors in the microphone array satisfies a discrete orthogonality condition.

12. The invention of claim 1, further comprising the step of further processing the auditory scene

based on at least one of the estimated distance and the estimated orientation.

13. The invention of claim 1, wherein:

the plurality of audio signals comprises two audio signals;

the two audio signals are decomposed into (i) a zero-order eigenbeam output corresponding to a sum of
the two audio signals and (ii) a first-order eigenbeam output corresponding to a difference between the two

audio signals;
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the compensation data corresponds to an estimate of the distance between the microphone array and
the sound source; and
the auditory scene is generated from the zero-order eigenbeam output and the first-order eigenbeam

output taking into account the estimated distance.

14. An audio system for processing audio signals corresponding to sound received from a sound
source, the audio system comprising:
a modal decomposer adapted to:

(1) receive a plurality of audio signals, each audio signal having been generated by a different
sensor of a microphone array; and

(2) decompose the plurality of audio signals into a plurality of eigenbeam outputs, wherein each
eigenbeam output corresponds to a different eigenbeam for the microphone array; and

a modal beamformer adapted to:

(1) generate, based on one or more of the eigenbeam outputs, compensation data corresponding to
at least one of (i) an estimate of distance between the microphone array and the sound source and (ii) an
estimate of orientation of the sound source relative to the microphone array; and

(2) generate an auditory scene from one or more of the eigenbeam outputs, wherein generation of

the auditory scene comprises compensation based on the compensation data.

15. The invention of claim 14, wherein:

the compensation data comprises distance-based compensation data corresponding to the estimated
distance;

the modal beamformer is adapted to perform frequency response compensation based on the distance-

based compensation data,

16. The invention of claim 15, wherein the distance-based compensation data is based on a comparison

of overall mode strengths for two or more different mode orders of the eigenbeams.

17. The invention of claim 15, wherein the modal beamformer is adapted to:
determine whether or not the sound source is a nearfield sound source; and

perform direction compensation only if the sound source is determined to be a nearfield sound source.

18. The invention of claim 14, wherein:

the compensation data comprises orientation-based compensation data corresponding to the estimated

orientation; and
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the modal beamformer is adapted to perform direction compensation based on the orientation-based

compensation data.

19. The invention of claim 18, wherein the orientation-based compensation data for an eigenbeam of
mode order 7 and mode degree m is based on a ratio between mode strength of the eigenbeam of degree m
and an overall mode strength for mode order # and the relative phase of the eigenbeam of degree m relative

to a reference eigenbeam.,

20. The invention of claim 18, wherein the modal beamformer is adapted to perform the direction
compensation by steering a beam formed from the eigenbeams in a direction based on the estimated

orientation.

21. The invention of claim 20, wherein the modal beamformer is adapted to steer the beam by:
applying a weighting value to each eigenbeam output to form a weighted eigenbeam; and

combining the weighted eigenbeams to generate the steered beam.

22. The invention of claim 18, wherein the modal beamformer is adapted to:
apply the direction compensation to eigenbeam outputs of mode order greater than zero to generate a
steered beam; and

combine the steered beam with a zero-order eigenbeam output to generate the auditory scene.

23. The invention of claim 22, wherein the modal beamformer is adapted to combine the steered beam
and the zero-order eigenbeam output to attenuate farfield signal energy while leaving nearfield signal

energy substantially unattenuated in the auditory scene.

24. The invention of claim 14, wherein:

the audio system further comprises the microphone array;

the eigenbeams correspond to (i) spheroidal harmonics based on a spherical, oblate, or prolate
configuration of the sensors in the microphone array or (ii) cylindrical harmonics based on cylindrical
configuration of the sensors in the microphone atray; and

the arrangement of the sensors in the microphone array satisfies a discrete orthogonality condition,

25. The invention of claim 14, wherein the modal beamformer comprises:
a distance estimation unit adapted to generate distance-based compensation data from at least some of

the eigenbeam outputs;
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an orientation estimation unit adapted to generate estimated-orientation-based compensation data from
at least some of the eigenbeam outputs;

a direction compensation unit adapted to perform direction compensation on the eigenbeam outputs
based on the estimated-orientation-based compensation data to generate a steered beam; and

a response compensation unit adapted to perform distance compensation on the steered beam based on

the distance-based compensation data to generate the auditory scene.

26. The invention of claim 25, wherein the distance estimation unit is adapted to control whether the
direction compensation is to be based on the estimated-orientation-based compensation data or on default-

orientation-based compensation data,

27. The invention of claim 26, wherein:

if the distance estimation unit determines that the sound source is a nearfield sound source, then the
distance estimation unit controls the direction compensation to be based on the estimated-orientation-based
compensation data; and

if the distance estimation unit determines that the sound source is a farfield sound source, then the
distance estimation unit controls the direction compensation to be based on the default-orientation-based

compensation data.

28. The invention of claim 25, wherein the modal beamformer further comprises a beam combination

unit adapted to include a zero-order eigenbeam output in the auditory scene.

29. The invention of claim 25, further comprising an audio processor adapted to further process the

auditory scene based on at least one of the estimated distance and the estimated orientation.

30. The invention of claim 14, wherein:
the plurality of audio signals comprises two audio signals;
the modal decomposer is adapted to decompose the two audio signals into (i) a zero-order eigenbeam
output corresponding to a sum of the two audio signals and (ii) a first-order eigenbeam output
corresponding to a difference between the two audio signals;
the modal beamformer is adapted to:
generate the compensation data corresponding to an estimate of the distance between the
microphone array and the sound source; and
generate the auditory scene from the zero-order eigenbeam output and the first-order eigenbeam

output taking into account the estimated distance.,
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31. Apparatus for processing audio signals corresponding to sound received from a sound source, the
apparatus comprising:

(a) means for receiving a plurality of audio signals, each audio signal having been generated bya
different sensor of a microphone array;

(b) means for decomposing the plurality of audio signals into a plurality of eigenbeam outputs,
wherein each eigenbeam output corresponds to a different eigenbeam for the microphone array;

(c) means for generating, based on one or more of the eigenbeam outputs, compensation data
corresponding to at least one of (1) an estimate of distance between the microphone array and the sound
source and (2) an estimate of orientation of the sound source relative to the microphone array; and

(d) means for generating an auditory scene from one or more of the eigenbeam outputs, wherein

generation of the auditory scene comprises compensation based on the compensation data,
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