
(19) United States 
US 20140.064526A1 

(12) Patent Application Publication (10) Pub. No.: US 2014/0064526 A1 
Otto et al. (43) Pub. Date: Mar. 6, 2014 

(54) METHOD FOR CONTROLLING ASPEAKER 
ARRAY TO PROVIDESPATIALIZED, 
LOCALIZED, AND BINAURAL VIRTUAL 
SURROUND SOUND 

(75) Inventors: Peter Otto, San Diego, CA (US); 
Suketu Kamdar, San Diego, CA (US); 
Yamada Toshiro, San Diego, CA (US); 
Filippo M. Fazi, Southampton (GB) 

(73) Assignee: THE REGENTS OF THE 
UNIVERSITY OF CALIFORNLA, 
Oakland, CA (US) 

(21) Appl. No.: 13/885,392 

(22) PCT Filed: Nov. 15, 2011 

(86). PCT No.: 
S371 (c)(1), 
(2), (4) Date: 

PCT/US1 1/60872 

Nov. 19, 2013 

Related U.S. Application Data 
(60) Provisional application No. 61/413,868, filed on Nov. 

15, 2010. 

73 

76a 

Publication Classification 

(51) Int. Cl. 
HO4S 7/00 (2006.01) 

(52) U.S. Cl. 
CPC ...................................... H04S 7/303 (2013.01) 
USPC .......................................................... 381A3OO 

(57) ABSTRACT 

A system and method for producing a binaural and localized 
audio signal to a user is provided. A signal processing method 
is provided for delivering spatialized Sound in various ways 
using highly optimized inverse filters to deliver narrow local 
ized beams of sound from the included speaker array. The 
inventive method can be used to provide private listening 
areas in a public space and provide spatialization of source 
material for a single user to create a virtual Surround Sound 
effect. In a binaural mode, a speaker array provides two 
targeted beams aimed towards the primary user's ears—one 
discrete beam for the left ear and one discrete beam for the 
right ear. In a privacy mode, a privacy Zone could be created 
in which a primary audio beam would deliver a signal of 
interest to the user while secondary beams would be aimed at 
different angles to provide a masking noise. 
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METHOD FOR CONTROLLING ASPEAKER 
ARRAY TO PROVIDESPATIALIZED, 

LOCALIZED, AND BINAURAL VIRTUAL 
SURROUND SOUND 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001. This application claims the benefit of priority to 
U.S. Provisional Application No. 61/413,868, filed Nov. 15, 
2010, now pending, the contents of which are incorporated by 
reference in their entirety. 

FIELD OF THE INVENTION 

0002 The present invention relates to signal processing 
for control of speakers and more particularly to a method for 
signal processing for controlling a speaker array to deliver 
one or more projected beams for spatialization of Sound and 
sound field control. 

BACKGROUND 

0003 Systems for virtual reality are becoming increas 
ingly relevant in a wide range of industrial applications. Such 
systems generally consist of audio and video devices, which 
aim at providing the user with a realistic perception of a three 
dimensional virtual environment. Advances in computer 
technology and low cost cameras open up new possibilities 
for three dimensional (3D) sound reproduction. A challenge 
to creation of Such systems is how to update the audio signal 
processing scheme for a moving listener, so that the listener 
perceives only the intended virtual sound image. 
0004 Any sound reproduction system that attempts to 
give a listener a sense of space must somehow make the 
listener believe that Sound is coming from a position where no 
real Sound source exists. For example, when a listener sits in 
the “sweet spot in front of a good two-channel stereo system, 
it is possible to fill out the gap between the two loudspeakers. 
If two identical signals are passed to both loudspeakers, the 
listener will ideally perceive the Sound as coming from a 
position directly in front of him or her. If the input is increased 
to one of the speakers, the sound will be pulled sideways 
towards that speaker. This principle is called amplitude Ste 
reo, and it has been the most common technique used for 
mixing two-channel material ever since the two-channel Ste 
reo format was first introduced. However, it is intuitively 
obvious that amplitude stereo cannot create virtual images 
outside the angle spanned by the two loudspeakers. In fact, 
even in between the two loudspeakers, amplitude stereo 
works well only when the angle spanned by the loudspeakers 
is 60 degrees or less. 
0005 Virtual source imaging systems work on the prin 
ciple that they get the sound right at the ears of the listener. A 
real Sound source generates certain interaural time- and level 
differences that are used by the auditory system to localize the 
Sound source. For example, a Sound Source to left of the 
listener will be louder, and arrive earlier, at the left earthan at 
the right. A virtual source imaging system is designed to 
reproduce these cues accurately. In practice, loudspeakers are 
used to reproduce a set of desired signals in the region around 
the listener's ears. The inputs to the loudspeakers must be 
determined from the characteristics of the desired signals, and 
the desired signals must be determined from the characteris 
tics of the sound emitted by the virtual source. 
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0006 Binaural technology is often used for the reproduc 
tion of virtual sound images. Binaural technology is based on 
the principle that if a sound reproduction system can generate 
the same Sound pressures at the listener's eardrums as would 
have been produced there by a real sound source, then the 
listener should not be able to tell the difference between the 
virtual image and the real Sound source. 
0007. A typical surround-sound system, for example, 
assumes a specific speaker setup to generate the Sweet spot, 
where the auditory imaging is stable and robust. However, not 
all areas can accommodate the proper specifications for Such 
a system, further minimizing a Sweet spot that is already 
small. For the implementation of binaural technology over 
loudspeakers, it is necessary to cancel the cross-talk that 
prevents a signal meant for one ear from being heard at the 
other. However, Such cross-talk cancellation, normally real 
ized by time-invariant filters, works only for a specific listen 
ing location and the Sound field can only be controlled in the 
Sweet-spot. 
0008. A digital sound projector is an array of transducers 
or loudspeakers that is controlled such that audio input signals 
are emitted as a beam of Sound that can be directed into an 
arbitrary direction within the half-space in front of the array. 
By making use of carefully chosen reflection paths, a listener 
will perceive a sound beam emitted by the array as if origi 
nating from the location of its last reflection. If the last reflec 
tion happens in a rear corner, the listener will perceive the 
sound as if emitted from a source behind him or her. 
0009. One application of digital sound projectors is to 
replace conventional Surround-sound systems, which typi 
cally employ several separate loudspeakers placed at differ 
ent locations around a listener's position. The digital Sound 
projector, by generating beams for each channel of the Sur 
round-sound audio signal, and steering the beams into the 
appropriate directions, creates a true Surround-Sound at the 
listener's position without the need for further loudspeakers 
or additional wiring. One such system is described in U.S. 
Patent Publication No. 2009/0161880 of Hooley, et al., the 
disclosure of which is incorporated herein by reference. 
0010 Cross-talk cancellation is in a sense the ultimate 
Sound reproduction problem since an efficient cross-talk can 
celler gives one complete control over the Sound field at a 
number of “target” positions. The objective of a cross-talk 
canceller is to reproduce a desired signal at a single target 
position while cancelling out the sound perfectly at all 
remaining target positions. The basic principle of cross-talk 
cancellation using only two loudspeakers and two target posi 
tions has been known for more than 30 years. In 1966, Atal 
and Schroeder used physical reasoning to determine how a 
cross-talk canceller comprising only two loudspeakers placed 
symmetrically in front of a single listener could work. In 
order to reproduce a short pulse at the left ear only, the left 
loudspeaker first emits a positive pulse. This pulse must be 
cancelled at the right ear by a slightly weaker negative pulse 
emitted by the right loudspeaker. This negative pulse must 
then be cancelled at the left ear by another even weaker 
positive pulse emitted by the left loudspeaker, and so on. Atal 
and Schroeder's model assumes free-field conditions. The 
influence of the listener's torso, head and outer ears on the 
incoming Sound waves is ignored. 
0011. In order to control delivery of the binaural signals, or 
“target' signals, it is necessary to know how the listener's 
torso, head, and pinnae (outer ears) modify incoming Sound 
waves as a function of the position of the Sound source. This 
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information can be obtained by making measurements on 
“dummy-heads” or human subjects. The results of such mea 
surements are referred to as "head-related transfer functions', 
or HRTFS. 
0012 HRTFs vary significantly between listeners, par 

ticularly at high frequencies. The large statistical variation in 
HRTFs between listeners is one of the main problems with 
virtual source imaging over headphones. Headphones offer 
good control over the reproduced sound. There is no “cross 
talk” (the sound does not run round the head to the opposite 
ear), and the acoustical environment does not modify the 
reproduced sound (room reflections do not interfere with the 
direct sound). Unfortunately, however, when headphones are 
used for the reproduction, the virtual image is often perceived 
as being too close to the head, and sometimes even inside the 
head. This phenomenon is particularly difficult to avoid when 
one attempts to place the virtual image directly in front of the 
listener. It appears to be necessary to compensate not only for 
the listener's own HRTFs, but also for the response of the 
headphones used for the reproduction. In addition, the whole 
Sound stage moves with the listener's head (unless head 
tracking is used, and this requires a lot of extra processing 
power). Loudspeaker reproduction, on the other hand, pro 
vides natural listening conditions but makes it necessary to 
compensate for cross-talk and also to consider the reflections 
from the acoustical environment. 

SUMMARY OF THE INVENTION 

0013 In one aspect of the present invention, a system and 
method are provided for three-dimensional (3-D) audio tech 
nologies to create a complex immersive auditory scene that 
fully surrounds the user. New approaches to the reconstruc 
tion of three dimensional acoustic fields have been developed 
from rigorous mathematical and physical theories. The inven 
tive methods generally rely on the use of systems constituted 
by a multiple number of loudspeakers. These systems are 
controlled by algorithms that allow real time processing and 
enhanced user interaction. 
0014. The present invention utilizes a flexible algorithm 
that provides improved surround-Sound imaging and Sound 
field control by delivering highly localized audio through a 
compacted array of speakers. In a “beam mode.” different 
Source content can be steered to various angles So that differ 
ent sound fields can be generated for different listeners 
according to their location. The audio beams are purposely 
narrow to minimize leakage to adjacent listening areas, thus 
creating a private listening experience in a public space. This 
Sound-bending approach can also be arranged in a “binaural 
mode' to provide vivid virtual Surround Sound, enabling spa 
tially enhanced conferencing and audio applications. 
0015. A signal processing method is provided for deliver 
ing spatialized sound in various ways using highly optimized 
inverse filters to deliver narrow localized beams of sound 
from the included speaker array. The inventive method can be 
used to provide private listening areas in a public space, 
address multiple listeners with discrete Sound sources, pro 
vide spatialization of source material for a single user (virtual 
Surround sound), and enhance intelligibility of conversations 
in noisy environments using spatial cues, to name a few 
applications. 
0016. The invention works in two primary modes. In bin 
aural mode, the speaker array produces two targeted beams 
aimed towards the primary user's ears—one discrete beam 
for each ear. The shapes of these beams are designed using an 
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inverse filtering approach Such that the beam for one ear 
contributes almost no energy at the user's other ear. This is 
critical to provide convincing virtual Surround Sound viabin 
aural source signals. In this mode, binaural Sources can be 
rendered accurately without headphones. The invention 
delivers a virtual Surround Sound experience without physical 
Surround speakers as well. 
0017. In one aspect of the invention, a method is provided 
for producing binaural Sound from a speaker array in which a 
plurality of audio signals is received from a plurality of 
Sources and each audio signal is filtered through a left Head 
Related Transfer Function (HRTF) and a right HRTF, wherein 
the left HRTF is calculated based on an angle at which the 
plurality of audio signals will be transmitted to a left ear of a 
user; and wherein the right HRTF is calculated based on an 
angle at which the plurality of audio signals will be transmit 
ted to a right ear of a user. The filtered audio signals are 
merged through the left HRTF into a left total binaural signal, 
and merging the audio signals filtered through the right HRTF 
into a right total binaural signal. The left total binaural signal 
is filtered through a set of left spatialization filters, wherein a 
separate left spatialization filter is provided for each speaker 
in the speaker array, and the right total binaural signal is 
filtered through a set of right spatialization filters, wherein a 
separate right spatialization filter is provided for each speaker 
in the speaker array. The filtered left total binaural signal and 
filtered right total binaural signal are Summed for each 
respective speaker into a speaker signal, then the speaker 
signal is fed to the respective speaker in the speaker array and 
transmitted through the respective speaker to the user. 
0018. The invention also works in beam forming or wave 
field synthesis (WFS) mode, referred to herein as the WFS 
mode. In this mode, the speaker array provides Sound from 
multiple discrete sources in separate physical locations. For 
example, three people could be positioned around the array 
listening to three distinct sources with little interference from 
each others' signals. This mode can also be used to create a 
privacy Zone for a user in which the primary beam would 
deliver the signal of interest to the user and secondary beams 
may be aimed at different angles to provide a masking noise 
or music signal to increase the privacy of the user's signal of 
interest. Masking signals may also be dynamically adjusted in 
amplitude and time to provide optimized masking and lack of 
intelligibility of user's signal of interest. 
0019. In another aspect of the invention, a method is pro 
vided for producing a localized Sound from a speaker array by 
receiving at least one audio signal, filtering each audio signal 
through a set of spatialization filters (each input audio signal 
is filtered through a different set of spatialization filters), 
wherein a separate spatialization filter is provided for each 
speaker in the speaker array so that each input audio signal is 
filtered through a different spatialization filter, summing the 
filtered audio signals for each respective speaker into a 
speaker signal, transmitting each speaker signal to the respec 
tive speaker in the speaker array, and delivering the signals to 
one or more regions of the space (typically occupied by one or 
multiple users, respectively). 
0020. In a further aspect of the invention, a speaker array 
system for producing localized sound comprises an input 
which receives a plurality of audio signals from at least one 
Source: a computer with a processor and a memory which 
determines whether the plurality of audio signals should be 
processed by a binaural processing system or a beam forming 
processing system; a speaker array comprising a plurality of 
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loudspeakers; wherein the binaural processing system com 
prises: at least one filter which filters each audio signal 
through a left Head-Related Transfer Function (HRTF) and a 
right HRTF, wherein the left HRTF is calculated based on an 
angle at which the plurality of audio signals will be transmit 
ted to a left ear of a user; and wherein the right HRTF is 
calculated based on an angle at which the plurality of audio 
signals will be transmitted to a right ear of a user; a left 
combiner which combines all of the audio signals from the 
left HRTF into a left total binaural signal; a right combiner 
which combines all of the audio signals from the right HRTF 
into a right total binaural signal; at least one left spatialization 
filter which filters the left total binaural signal, wherein a 
separate left spatialization filter is provided for each loud 
speaker in a speaker array; at least one right spatialization 
filter which filters the right total binaural signal, wherein a 
separate right spatialization filter is provided for each loud 
speaker in the speaker array; a binaural combiner which sums 
the filtered left total binaural signal and filtered right total 
binaural signal into a binaural speaker signal for each respec 
tive loudspeaker and transmits each binaural speaker signal to 
the respective loudspeaker; wherein the beam forming pro 
cessing system comprises: a plurality of beam forming spa 
tialization filters which filters each audio signal, wherein a 
separate spatialization filter is provided for each loudspeaker 
in the speaker array; a beam forming combiner which sums 
the filtered audio signals for each respective loudspeaker into 
a beam forming speaker signal and transmits each beam form 
ing speaker signal to the respective speaker in the speaker 
array; wherein the speaker array delivers the respective bin 
aural speaker signal or the beam forming speaker signal 
through the plurality of loudspeakers to one or more users. 
0021. The plurality of audio signals can be processed by 
the beam forming processing system and the binaural process 
ing system before being delivered to the one or more users 
through the plurality of loudspeakers. 
0022. A user tracking unit may be provided which adjusts 
the binaural processing system and beam forming processing 
system based on a change in a location of the one or more 
USCS. 

0023 The binaural processing system may further com 
prise a binaural processor which computes the left HRTF and 
right HRTF in real-time. 
0024. The inventive method employs algorithms that 
allow it to deliver beams configured to produce binaural 
Sound—targeted Sound to each ear without the use of head 
phones, by using inverse filters and beam forming. In this way, 
a virtual surround sound experience can be delivered to the 
user of the system. The inventive system avoids the use of 
classical two-channel “cross-talk cancellation” to provide 
Superior speaker-based binaural Sound imaging. 
0025. In a multipoint teleconferencing or videoconferenc 
ing application, the inventive method allows distinct spatial 
ization and localization of each participant in the conference, 
providing a significant improvement over existing technolo 
gies in which the sound of each talker is spatially overlapped. 
Such overlap can make it difficult to distinguish among the 
different participants without having each participant identify 
themselves each time he or she speaks, which can detract 
from the feel of a natural, in-person conversation. 
0026. Additionally, the invention can be extended to pro 
vide real-time beam steering and tracking of the user's loca 
tion using video analysis or motion sensors, therefore con 
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tinuously optimizing the delivery of binaural or spatialized 
audio as the user moves around the room or in front of the 
speaker array. 
0027. An important advantage of the inventive system is 
that it is Smaller and more portable than most, if not all, 
comparable speaker systems. Thus, the invention provides a 
system that is useful for not only fixed, structural installations 
Such as in rooms or virtual reality caves, but also for use in 
private vehicles, e.g., cars, mass transit, Such buses, trains and 
airplanes, and for open areas Such as office cubicles and 
wall-less classrooms. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0028 FIG. 1a is a diagram illustrating the wave field syn 
thesis (WFS) mode operation used for private listening. 
(0029 FIG. 1b is a diagram illustrating use of WFS mode 
for multi-user, multi-position audio applications. 
0030 FIG. 2 is a block diagram showing the WFS signal 
processing chain according to the present invention. 
0031 FIG. 3 is a diagrammatic view of an exemplary 
arrangement of control points for WFS mode operation. 
0032 FIG. 4 is a diagrammatic view of a first embodiment 
of a signal processing scheme for WFS mode operation. 
0033 FIG. 5 is a diagrammatic view of a second embodi 
ment of a signal processing scheme for WFS mode operation. 
0034 FIGS. 6a-6e are a set of polar plots showing mea 
Sured performance of a prototype speaker array with the beam 
steered to 0 degrees at frequencies of 10000, 5000, 2500, 
1000 and 600 Hz, respectively. 
0035 FIG. 7a is a diagram illustrating the basic principle 
of binaural mode operation according to the present inven 
tion. 
0036 FIG. 7b is a diagram illustrating binaural mode 
operation as used for spatialized sound presentation. 
0037 FIG. 8 is a block diagram showing an exemplary 
binaural mode processing chain according to the present 
invention. 
0038 FIG.9 is a diagrammatic view of a first embodiment 
of a signal processing scheme for the binaural modality. 
0039 FIG. 10 is a diagrammatic view of an exemplary 
arrangement of control points for binaural mode operation. 
0040 FIG. 11 is a block diagram of a second embodiment 
of a signal processing chain for the binaural mode. 
0041 FIGS. 12a and 12b illustrate simulated frequency 
domain and time domain representations, respectively, of 
predicted performance of an exemplary speaker array in bin 
aural mode measured at the left ear and at the right ear. 

DETAILED DESCRIPTION 

0042. The invention works in two primary modes. In bin 
aural mode, the speaker array provides two targeted beams 
aimed towards the primary user's ears—one beam for the left 
ear and one beam for the right ear. The shapes of these beams 
are designed using an inverse filtering approach Such that the 
beam for one ear contributes almost no energy at the user's 
other ear. This is critical to provide convincing virtual Sur 
round Sound via binaural source signals. 
0043. The inverse filter design method comes from a 
mathematical simulation in which a speaker array model 
approximating the real-world is created and virtual micro 
phones are placed throughout the target Sound field. A target 
function across these virtual microphones is created or 
requested. Solving the inverse problem using regularization, 
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stable and realizable inverse filters are created for each 
speaker element in the array. When the source signals are 
convolved with these inverse filters for each array element, 
the resulting beams are aimed as desired and as in the simu 
lation. 
0044) The invention also works in a second beam forming, 
or wave field synthesis (WFS), mode. In this mode, the 
speaker array provides sound from multiple discrete sources 
to separate physical locations in the same general area. For 
example, three people may be positioned around the speaker 
array listening to three distinct sources with little interference 
from each others signals. This mode can also be used to 
provide a privacy Zone for a user in which the primary beam 
would deliver the signal of interest to the user and secondary 
beams would be aimed at different angles to provide a mask 
ing noise. Such as white noise or a music signal, to increase 
the privacy of the user's signal of interest, by preventing other 
persons located nearby or within the same room from hearing 
the signal. Masking signals may also be dynamically adjusted 
in amplitude and time to provide optimized masking and lack 
of intelligibility of user's signal of interest. 
0045. In the privacy Zone mode, audio is processed such 
that the array of speakers can present no sound for most of the 
listening area due to the narrow beam focus. This is similar to 
the WFS/beam forming mode, however other lobes of sound 
signal can exist in addition to the strongest beam. For this 
mode, importance is placed on silence outside of the listening 
area. An example of an important application would be audio 
for a team operating military equipment, such as a tank. 
Currently, headphones are required for effective communica 
tion, but the added weight and limitation on mobility can 
increase fatigue to the team members. Removing the head 
phones and using private speaker arrays would be beneficial. 
Also available in this mode would be private sharing, in which 
one or more additional listening areas can be established by 
creation of additional focused audio beams that can be heard 
by the additional permitted listeners, while still minimizing 
Sound outside of the permitted area. 
0046. This WFS mode also uses inverse filters designed 
from the same mathematical model as described above with 
regard to creating binaural Sounds. Instead of aiming just two 
beams at the user's ears, this mode uses multiple beams aimed 
or steered to different locations around the array. 
0047. The invention involves a digital signal processing 
(DSP) strategy that allows for the both binaural rendering and 
WFS/sound beam forming, either separately or simulta 
neously in combination. 
0048 For both binaural and WFS mode, the signal to be 
reproduced is processed by filtering it through a set of digital 
finite impulse response (FIR) filters. These filters are gener 
ated by numerically solving an electro-acoustical inverse 
problem. The specific parameters of the specific inverse prob 
lem to be solved are described below. In general, however, the 
FIR filter design is based on the principle of minimizing, in 
the least squares sense, a cost function of the type 

0049. The cost function is a sum of two terms: a perfor 
mance error E, which measures how well the desired signals 
are reproduced at the target points, and an effort penalty BV, 
which is a quantity proportional to the total power that is input 
to all the loudspeakers. The positive real number B is a regu 
larization parameter that determines how much weight to 
assign to the effort term. By varying B from Zero to infinity, 
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the Solution changes gradually from minimizing the perfor 
mance error only to minimizing the effort cost only. In prac 
tice, this regularization works by limiting the power output 
from the loudspeakers at frequencies at which the inversion 
problem is ill-conditioned. This is achieved without affecting 
the performance of the system at frequencies at which the 
inversion problem is well-conditioned. In this way, it is pos 
sible to prevent sharp peaks in the spectrum of the reproduced 
Sound. If necessary, a frequency dependent regularization 
parameter can be used to attenuate peaks selectively. 
0050. The invention works in two primary modes: 1) Wave 
Field Synthesis (WFS)/beam forming mode and 2) Binaural 
mode, which are described in detail in the following sections. 

Wave Field Synthesis/Beamforming Mode 

0051. In WFS modality, the invention generates sound 
signals for a linear array of loudspeakers, which generate 
several separated sound beams. In WFS mode operation, 
different source content from the loudspeaker array can be 
steered to different angles by using narrow beams to mini 
mize leakage to adjacent areas during listening. As shown in 
FIG. 1a, private listening is made possible using adjacent 
beams of music and/or noise delivered by loudspeaker array 
72. The direct sound beam 74 is heard by the target listener 76, 
while beams of masking noise 78, which can be music, white 
noise or some other signal that is different from the main 
beam 74, are directed around the target listener to prevent 
unintended eavesdropping by other persons within the Sur 
rounding area. Masking signals may also be dynamically 
adjusted in amplitude and time to provide optimized masking 
and lack of intelligibility of user's signal of interest as shown 
in later figures which include the DRCE DSP block. 
0052. In the WFS mode, the speaker array can provide 
Sound from multiple discrete sources to separate physical 
locations. For example, three people could be positioned 
around the array listening to three distinct sources with little 
interference from each others signals. FIG. 1b illustrates an 
exemplary configuration of the WFS mode for multi-user/ 
multi-position application. As shown, array 72 delivers dis 
crete sounds beams 73, 75 and 77, each with different sound 
content, to each of listeners 76a and 76b. While both listeners 
are shown receiving the same content (each of the three 
beams), different content can be delivered to one or the other 
of the listeners at different times. 

0053. The WFS mode signals are generated through the 
DSP chain as shown in FIG. 2. Discrete source signals 801, 
802 and 803 are each convolved with inverse filters for each of 
the loudspeaker array elements. The inverse filters are the 
mechanism that allows that steering of localized beams of 
audio, optimized for a particular location according to the 
specification in the mathematical model used to generate the 
filters. The calculations may be done real-time to provide 
on-the-fly optimized beam steering capabilities which would 
allow the users of the array to be tracked with audio. In the 
illustrated example, the loudspeaker array 812 has twelve 
elements, so there are twelve filters 804 for each source. The 
resulting filtered signals corresponding to the same n' loud 
speaker are added at combiner 806, whose resulting signal is 
fed into a multi-channel soundcard 808 with a DAC corre 
sponding to each of the twelve speakers in the array. Each of 
the twelve signals is amplified using a class D amplifier810 
and delivered to the listener(s) through the twelve speaker 
array 812. 
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0054 FIG. 3 illustrates how spatialization filters are gen 
erated. Firstly, it is assumed that the relative arrangement of 
the Narray units is given. A set of M virtual control points 92 
is defined where each control point corresponds to a virtual 
microphone. The control points are arranged on a semicircle 
surrounding the array 98 of N speakers and centered at the 
center of the loudspeaker array. The radius of the arc 96 may 
scale with the size of the array. The control points 92 (virtual 
microphones) are uniformly arranged on the arc with a con 
stant angular distance between neighboring points. 
0055 An MXN matrix H(f) is computed, which represents 
the electro-acoustical transfer function between each loud 
speaker of the array and each control point, as a function of 
the frequency f, where H corresponds to the transfer func 
tion between the 1" speaker (ofN speakers) and the p" control 
point 92. These transfer functions can either be measured or 
defined analytically from an acoustic radiation model of the 
loudspeaker. One example of a model is given by an acous 
tical monopole, given by the following equation 

exp(-j2t frefc) 

where c is the speed of Sound propagation, fis the frequency 
and r is the distance between the 1-the loudspeaker and the 
p" control point. 
0056. A more advanced analytical radiation model for 
each loudspeaker may be obtained by a multipole expan 
sion, as is known in the art. (See, e.g., V. Rokhlin, "Diago 
nal forms of translation operators for the Helmholtz equa 
tion in three dimensions'. Applied and Computations 
Harmonic Analysis, 1:82-93, 1993.) 

0057. A vector p(f) is defined with Melements represent 
ing the target sound field at the locations identified by the 
control points 92 and as a function of the frequency f. There 
are several choices of the target field. One possibility is to 
assign the value of 1 to the control point(s) that identify the 
direction(s) of the desired sound beam(s) and Zero to all other 
control points. 
0058. The FIR coefficients are defined in the frequency 
domain and are the N elements of the vectora(f), which is the 
output of the filter computation algorithm. The vector a is 
computed by solving, for each frequency f. a linear optimi 
Zation problem that minimizes the following cost function 

The symbol ||...|| indicates the L norm of a vector, and B is 
a regularization parameter, whose value can be defined by the 
designer. Standard optimization algorithms can be used to 
numerically solve the problem above. 
0059 Referring now to FIG.4, the input to the system is an 
arbitrary set of audio signals (from A through Z), referred to 
as sound sources 102. The system output is a set of audio 
signals (from 1 through N) driving the N units of the loud 
speaker array 108. These N signals are referred to as “loud 
speaker signals'. 
0060 For each sound source 102, the input signal is fil 
tered through a set of N FIR digital filters 104, with one filter 
104 for each loudspeaker of the array. These digital filters 104 
are referred to as “spatialization filters’, which are generated 
by the algorithm disclosed above and vary as a function of the 
location of the listener(s) and/or of the intended direction of 
the Sound beam to be generated. 
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0061 For each sound source 102, the audio signal filtered 
through the n" digital filter 104 (i.e., corresponding to then" 
loudspeaker) is summed at combiner 106 with the audio 
signals corresponding to the different audio sources 102 but 
to the same n" loudspeaker. The summed signals are then 
output to loudspeaker array 108. 
0062 FIG. 5 illustrates an alternative embodiment of the 
binaural mode signal processing chain of FIG. 4 which 
includes the use of optional components including a psychoa 
coustic bandwidth extension processor (PBEP) and a 
dynamic range compressor and expander (DRCE), which 
provides more Sophisticated dynamic range and masking 
control, customization of filtering algorithms to particular 
environments, room equalization, and distance-based attenu 
ation control. 
0063. The PBEP 112 allows the listener to perceive sound 
information contained in the lower part of the audio spectrum 
by generating higher frequency sound material, providing the 
perception of lower frequencies using higher frequency 
Sound). Since the PBE processing is non-linear, it is important 
that it comes before the spatialization filters 104. In fact, the 
generation of Sound beams relies on the control of the inter 
ference pattern of the sound fields generated by the units of 
the array 108. This control is achieved through the spatial 
filtering process. If the non-linear PBEP block 112 is inserted 
after the spatial filters, its effect could severely degrade the 
creation of the Sound beam. 
0064. It is important to emphasize that the PBEP 112 is 
used in order to compensate (psycho-acoustically) for the 
poor directionality of the loudspeaker array at lower frequen 
cies rather than compensating for the poor bass response of 
single loudspeakers themselves, as is normally done in prior 
art applications. 
0065. The DRCE 114 in the DSP chain provides loudness 
matching of the Source signals so that adequate relative mask 
ing of the output signals of the array 108 is preserved. In the 
binaural rendering mode, the DRCE used is a 2-channel block 
which makes the same loudness corrections to both incoming 
channels. 

0066. As with the PBEP block 112, because the DRCE 
114 processing is non-linear, it is important that it comes 
before the spatialization filters 104. In fact, the generation of 
sound beams relies on the control of the interference pattern 
of the sound fields generated by the units of the array. This 
control is achieved through the spatial filtering process. If the 
non-linear DRCE block 114 were to be inserted after the 
spatial filters 104, its effect could severely degrade the cre 
ation of the sound beam. However, without this DSP block, 
psychoacoustic performance of the DSP chain and array may 
decrease as well. 
0067. Another optional component is a listener tracking 
device (LTD) 116, which allows the apparatus to receive 
information on the location of the listener(s) and to dynami 
cally adapt the spatialization filters in real time. The LTD 116 
may be a video tracking system which detects the user's head 
movements or can be another type of motion sensing system 
as is known in the art. The LTD 116 generates a listener 
tracking signal which is input into a filter computation algo 
rithm 118. The adaptation can be achieved either by re-cal 
culating the digital filters in real time or by loading a different 
set of filters from a pre-computed database. 
0068 FIGS. 6a-6e are polar energy radiation plots of the 
radiation pattern of a prototype array being driven by the DSP 
scheme operating in WFS mode at five different frequencies, 
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10,000 Hz, 5,000 Hz, 2,500 Hz, 1,000 Hz, and 600 Hz, and 
measured with a microphone array with the beams steered at 
0 degrees. 

Binaural Mode 

0069. The DSP for the binaural mode involves the convo 
lution of the audio signal to be reproduced with a set of digital 
filters representing a Head-Related Transfer Function 
(HRTF). The integration of these HRTF filters in the DSP 
scheme, and especially the specific location of these filters in 
the signal processing scheme, represent a novel approach 
provided by the present invention. 
0070 FIG. 7a illustrates the underlying approach used in 
binaural mode operation according to the present invention, 
where an array a speakers 10 is configured to produce spe 
cially-formed audio beams 12 and 14 that can be delivered 
separately to the listener's ears 16L and 16R. Using the mode, 
cross-talk cancellation is inherently provided by the beams. 
The use of binaurally encoded beams enables an effective 
presentation of spatialized sound, where sounds originating 
from a first source can be delivered to the listener to sound as 
if emanating from a different location as a second source. As 
an example of a spatialized sound application, FIG.7b illus 
trates a hypothetical video conference call with multiple par 
ties at multiple locations. When the party located in New York 
is speaking, the Sound is delivered as if coming from a direc 
tion that would be coordinated with the video image of the 
speaker in a tiled display 18. When the participant in Los 
Angeles speaks, the sound may be delivered in coordination 
with the location in the video display of that speaker's image. 
On-the-fly binaural encoding can also be used to deliver con 
Vincing spatial audio headphones, avoiding the apparent mis 
location of the sound that is frequently experienced in prior 
art headphone set-ups. 
0071. The binaural modesignal processing chain, shown 
in FIG. 8, consists of multiple discrete sources, in the illus 
trated example, three sources: sources 201, 202 and 203, 
which are then convolved with binaural Head Related Trans 
fer Function (HRTF) encoding filters 211, 212 and 213 cor 
responding to the desired virtual angle of transmission from 
the speaker to the user. There are two HRTF filters for each 
source—one for the left ear and one for the right ear. The 
resulting HRTF-filtered signals for the left ear are all added 
together to generate an input signal corresponding to Sound to 
be heard by the user's left ear. Similarly, the HRTF-filtered 
signals for the user's right ear are added together. The result 
ing left and right ear signals are then convolved with inverse 
filter groups 221 and 222, respectively, with one filter for each 
speaker element in the speaker array, and the resulting total 
signal is sent to the corresponding speaker element via a 
multichannel (12xDAC) sound card 230 and class D ampli 
fiers 240 (one for each speaker) for audio transmission to the 
user through speaker array 250. Each of the speakers in the 
array (twelve in this example) emits a component that, when 
combined with the other speakers, produces an audio beam 
that is configured to be heard at one of the user's ears. In this 
way, discrete signals meant for the right and left ears can be 
delivered over optimized beams to the user's ears. This 
enables a highly realistic virtual Surround Sound experience 
without the use of headphones or physical Surround speakers. 
0072. In the binaural mode, the invention generates sound 
signals feeding a linear array of loudspeakers. The speaker 
array provides two targeted Sound beams aimed towards the 
primary user's ears—one beam for the left ear and one beam 
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for the right ear. The shapes of these beams are designed to be 
Such that the beam for one ear contributes almost no energy at 
the user's other ear. 
0073 FIG. 9 illustrates the binaural modesignal process 
ing scheme for the binaural modality with sound sources A 
through Z. 
(0074 As described with reference to FIG. 8, the inputs to 
the system are a set of Sound Source signals 32 (A through Z) 
and the output of the system is a set of loudspeaker signals 38 
(1 through N), respectively. 
0075 For each sound source 32, the input signal is filtered 
through two digital filters 34 (HRTF-L and HRTF-R) repre 
senting a left and right Head-Related Transfer Function, cal 
culated for the angle at which the given Sound source 32 is 
intended to be rendered to the listener. For example, the voice 
of a talker can be rendered as a plane wave arriving from 30 
degrees to the right of the listener. 
0076. The HRTF filters 34 can be either taken from a 
database or can be computed in real time using a binaural 
processor. 
0077. After the HRTF filtering, the processed signals cor 
responding to different sound sources but to the same ear (left 
or right), are merged together at combiner 35 This generates 
two signals, hereafter referred to as “total binaural signal 
left”, or “TBS-L and “total binaural signal-right” or “TBS 
R’ respectively. 
0078 Each of the two total binaural signals, TBS-L and 
TBS-R, is filtered through a set of N FIR filters 36, one for 
each loudspeaker, computed using the algorithm disclosed 
below. These filters are referred to as “spatialization filters”. It 
is emphasized for clarity that the set of spatialization filters 
for the right total binaural signal is different from the set for 
the left total binaural signal. 
(0079. The filtered signals corresponding to the same n' 
loudspeaker but for two different ears (left and right) are 
summed together at combiners 37. These are the loudspeaker 
signals, which feed the array 38. 
0080. The algorithm for the computation of the spatializa 
tion filters 36 for the binaural modality is analogous to that 
used for the WFS modality described above. The main dif 
ference from the WFS case is that only two control points are 
used in the binaural mode. These control points correspond to 
the location of the listener's ears and are arranged as shown in 
FIG. 10. The distance between the two points 42, which 
represent the listener's ears, is in the range of 0.1 m and 0.3 m, 
while the distance between each control point and the center 
46 of the loudspeaker array 48 can scale with the size of the 
array used, but is usually in the range between 0.1 m and 3 m. 
I0081. The 2xN matrix H(f) is computed using elements of 
the electro-acoustical transfer functions between each loud 
speaker and each control point, as a function of the frequency 
f. These transfer functions can be either measured or com 
puted analytically, as discussed above. A 2-element vector p 
is defined. This vector can be either 1.0 or 0.1, depending 
on whether the spatialization filters are computed for the left 
or right ear, respectively. The filter coefficients for the given 
frequency fare the N elements of the vectora(f) computed by 
minimizing the following cost function 

If multiple solutions are possible, the solution is chosen that 
corresponds to the minimum value of the L norm of a(f). 
0082 FIG. 11 illustrates an alternative embodiment of the 
binaural mode signal processing chain of FIG. 9 which 
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includes the use of optional components including a psychoa 
coustic bandwidth extension processor (PBEP) and a 
dynamic range compressor and expander (DRCE). The PBEP 
52 allows the listener to perceive sound information con 
tained in the lower part of the audio spectrum by generating 
higher frequency Sound material, providing the perception of 
lower frequencies using higher frequency Sound). Since the 
PBEP processing is non-linear, it is important that it comes 
before the spatialization filters 36. In fact, the generation of 
sound beams relies on the control of the interference pattern 
of the sound fields generated by the units of the array38. This 
control is achieved through the spatial filtering process. If the 
non-linear PBEP block 52 is inserted after the spatial filters, 
its effect could severely degrade the creation of the sound 
beam. 
I0083. It is important to emphasize that the PBEP52 is used 
in order to compensate (psycho-acoustically) for the poor 
directionality of the loudspeaker array at lower frequencies 
rather than compensating for the poor bass response of single 
loudspeakers themselves, as is normally done in prior art 
applications. 
I0084. The DRCE 54 in the DSP chain provides loudness 
matching of the Source signals so that adequate relative mask 
ing of the output signals of the array 38 is preserved. In the 
binaural rendering mode, the DRCE used is a 2-channel block 
which makes the same loudness corrections to both incoming 
channels. 

0085. As with the PBEP block 52, because the DRCE 54 
processing is non-linear, it is important that it comes before 
the spatialization filters 36. In fact, the generation of sound 
beams relies on the control of the interference pattern of the 
sound fields generated by the units of the array. This control is 
achieved through the spatial filtering process. If the non 
linear DRCE block 54 were to be inserted after the spatial 
filters 36, its effect could severely degrade the creation of the 
sound beam. However, without this DSP block, psychoacous 
tic performance of the DSP chain and array may decrease as 
well. 
I0086. Another optional component is a listener tracking 
device (LTD) 56, which allows the apparatus to receive infor 
mation on the location of the listener(s) and to dynamically 
adapt the spatialization filters in real time. The LTD 56 may 
be a video tracking system which detects the user's head 
movements or can be another type of motion sensing system 
as is known in the art. The LTD 56 generates a listener track 
ing signal which is input into a filter computation algorithm 
58. The adaptation can be achieved either by re-calculating 
the digital filters in real time or by loading a different set of 
filters from a pre-computed database. 
I0087 FIGS. 12a and 12b illustrate the simulated perfor 
mance of the algorithm for the binaural modes. FIG. 12a 
illustrates the simulated frequency domain signals at the tar 
get locations for the left and right ears, while FIG.12b shows 
the time domain signals. Both plots show the clear ability to 
target one ear, in this case, the left ear, with the desired signal 
while minimizing the signal detected at the user's right ear. 
0088 WFS and binaural mode processing can be com 
bined into a single device to produce total Sound field control. 
Such an approach would combine the benefits of directing a 
selected Sound beam to a targeted listener, e.g., for privacy or 
enhanced intelligibility, and separately controlling the mix 
ture of sound that is delivered to the listener's ears to produce 
Surround Sound. The device could process audio using bin 
aural mode or WFS mode in the alternative or in combination. 
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Although not specifically illustrated herein, the use of both 
the WFS and binaural modes would be represented by the 
block diagrams of FIG. 5 and FIG. 11, with their respective 
outputs combined at the signal Summation steps by the com 
biners 37 and 106. The use of both WFS and binaural modes 
could also be illustrated by the combination of the block 
diagrams in FIG. 2 and FIG. 8, with their respective outputs 
added together at the last Summation block immediately prior 
to the multichannel soundcard 230. 
I0089. The DSP strategy described above provides optimal 
performance in terms of directivity of the sound beam created 
and of the stability of the binaural rendering at higher fre 
quencies. The inventive methods of Sound beam formation 
are useful in a wide range of applications beyond virtual 
reality systems. Such applications include virtual/binaural 
(video) teleconferencing with spatialized talkers; single user 
binaural/virtual Surround sound for games, movies, music; 
privacy Zone/cone of silence for private listening in a public 
space; multi-user audio from multiple sources simulta 
neously; targeted and localized audio delivery for enhanced 
intelligibility in high noise environments; automotive pro 
viding different source material in separate positions within 
the car simultaneously; automotive providing binaural 
audio alerts/cues to assist the driver in driving the vehicle: 
automotive providing binaural audio for an immersive spa 
tialized Surround sound experience for infotainment systems 
including spatialized talkers on an in-vehicle conference call. 
Additional applications will be recognized by those in the art. 

1. A method for producing binaural sound from a speaker 
array, comprising: 

receiving a plurality of audio signals from a plurality of 
Sources: 

filtering each audio signal through a left Head-Related 
Transfer Function (HRTF) and a right HRTF, wherein 
the left HRTF is calculated based on an angle at which 
the plurality of audio signals will be transmitted to a left 
ear of a user; and wherein the right HRTF is calculated 
based on an angle at which the plurality of audio signals 
will be transmitted to a right ear of a user; 

merging the audio signals filtered through the left HRTF 
into a left total binaural signal, and merging the audio 
signals filtered through the right HRTF into a right total 
binaural signal; 

filtering the left total binaural signal through a set of left 
spatialization filters, wherein a separate left spatializa 
tion filter is provided for each speaker in the speaker 
array; 

filtering the right total binaural signal through a set of right 
spatialization filters, wherein a separate right spatializa 
tion filter is provided for each speaker in the speaker 
array; 

summing the filtered left total binaural signal and filtered 
right total binaural signal for each respective speaker 
into a speaker signal; 

feeding the speaker signal to the respective speaker in the 
speaker array; and 

transmitting the speaker signal through the respective 
speaker to the user. 

2. The method of claim 1, wherein the left HRTF and right 
HRTF are computed in real-time using a binaural processor. 

3. The method of claim 1, wherein the spatialization filters 
are finite impulse response (FIR) filters. 
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4. The method of claim 3, wherein two control points are 
used to compute the FIR filters, and wherein the distance 
between the control points is approximately 0.1 meters (m) to 
approximately 0.3 m. 

5. The method of claim 1, further comprising adapting the 
spatialization filters in real-time based on a change in the 
location of the user. 

6. The method of claim 1, further comprising pre-filtering 
the plurality of audio signals with a Psychoacoustic Band 
width Extension Processor (PBEP). 

7. The method of claim 6, further comprising matching the 
loudness of the pre-filtered audio signals using a Dynamic 
Range Compressor and Expander (DRCE). 

8. A method for producing a localized Sound from a 
speaker array, comprising: 

receiving at least one audio signal; 
filtering each audio signal through a set of spatialization 

filters, wherein a separate spatialization filter is provided 
for each speaker in the speaker array; 

Summing the filtered audio signals for each respective 
speaker into a speaker signal; 

transmitting each speaker signal to the respective speaker 
in the speaker array; and 

delivering each speaker signal to one or more regions of 
space occupied by one or more users. 

9. The method of claim 8, further comprising delivering at 
least one secondary audio signal to an area around the one or 
more users which masks the speaker signal in the area not 
occupied by the one or more users. 

10. The method of claim 9, wherein the masking signal is a 
musical signal. 

11. The method of claim 9, further comprising dynamically 
adjusting the amplitude and time of the masking signals. 

12. The method of claim 8, wherein the spatialization filters 
are finite impulse response (FIR) filters. 

13. The method of claim8, further comprising adapting the 
spatialization filters in real-time based on a change in the 
location of the one or more users. 

14. The method of claim8, further comprising pre-filtering 
the plurality of audio signals with a Psychoacoustic Band 
width Extension Processor (PBEP). 

15. The method of claim 14, further comprising matching 
the loudness of the pre-filtered audio signals using a Dynamic 
Range Compressor and Expander (DRCE). 

16. A speaker array System for producing localized Sound, 
comprising: 

an input which receives a plurality of audio signals from at 
least one source: 

a processor and a memory which determines whether the 
plurality of audio signals should be processed by a bin 
aural processing system or a beam forming processing 
system; and 

a speaker array comprising a plurality of loudspeakers; 
wherein the binaural processing system comprises: 
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at least one filter which filters each audio signal through 
a left Head-Related Transfer Function (HRTF) and a 
right HRTF, wherein the left HRTF is calculated 
based on an angle at which the plurality of audio 
signals will be transmitted to a left ear of a user, and 
wherein the right HRTF is calculated based on an 
angle at which the plurality of audio signals will be 
transmitted to a right ear of a user; 

a left combiner which combines all of the audio signals 
from the left HRTF into a left total binaural signal; 

a right combiner which combines all of the audio signals 
from the right HRTF into a right total binaural signal; 

at least one left spatialization filter which filters the left 
total binaural signal, wherein a separate left spatial 
ization filter is provided for each loudspeaker in a 
speaker array; 

at least one right spatialization filter which filters the 
right total binaural signal, wherein a separate right 
spatialization filter is provided for each loudspeaker 
in the speaker array; and 

a binaural combiner which sums the filtered left total 
binaural signal and filtered right total binaural signal 
into a binaural speaker signal for each respective 
loudspeaker and transmits each binaural speaker sig 
nal to the respective loudspeaker; 

wherein the beam forming processing system comprises: 
a plurality of beam forming spatialization filters which 

filters each audio signal, wherein a separate spatial 
ization filter is provided for each loudspeaker in the 
speaker array; and 

a beam forming combiner which sums the filtered audio 
signals for each respective loudspeaker into a beam 
forming speaker signal and transmits each beam form 
ing speaker signal to the respective speaker in the 
speaker array; 

wherein the speaker array delivers the respective binaural 
speaker signal or the beam forming speaker signal 
through the plurality of loudspeakers to one or more 
USCS. 

17. The speaker array system of claim 16, wherein the 
plurality of audio signals can be processed by the beam form 
ing processing system and the binaural processing system 
before being delivered to the one or more users through the 
plurality of loudspeakers. 

18. The speaker array system of claim 16, further compris 
ing a user tracking unit which adjusts the binaural processing 
system and beam forming processing system based on a 
change in a location of the one or more users. 

19. The speaker array system of claim 16, wherein the 
binaural processing system further comprises a binaural pro 
cessor which computes the left HRTF and right HRTF in 
real-time. 
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