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(57) Abstract: A system and method for recording and reproducing
three-dimensional sound events using a discretized, integrated
macro-micro sound volume for reproducing a 3D acoustical matrix that
reproduces sound including natural propagation and reverberation. The
system and method may include sound modeling and synthesis that may
enable sound to be reproduced as a volumetric matrix. The volumetric
matrix may be captured, transferred, reproduced, or otherwise processed,
as a spatial spectra of discretely reproduced sound events with controllable
macro-micro relationships.
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A SYSTEM AND METHOD FOR GENERATING SOUND EVENTS

RELATED APPLICATIONS

(01)  This application claims priority from U.S. Provisional Patent Application Serial No.
60/622695, filed October 28, 2004, and entitled “System and Method for Recording and
Reproducing Sound Events Based on Macro-Micro Sound Objectives,” which is incorporated

herein by reference.

(02)  This application is related to U.S. Provisional Patent Application Serial No.
60/414,423, filed September 30, 2002, and entitled “System and Method for Integral
Transference of Acoustical Events”; U.S. Patent Application Serial No. 08/749,766, filed
December 20, 1996, and entitled “Sound System and Method for Capturing and Reproducing
Sounds Originating From a Plurality of Sound Sources™; U.S. Patent Application Serial No.
10/673,232, filed September 30, 2003, and entitled “System and Method for Integral
Transference of Acoustical Events”; U.S. Patent Application Serial No. 10/705,861, filed
December 13, 2003, and entitled “Sound System and Method for Creating a Sound Event
Based on a Modeled Sound Field”; U.S. Patent No. 6,239,348, issued May 29, 2001, and
entitled “Sound System and Method for Creating a Sound Event Based on a Modeled Sound
Field”; U.S. Patent No. 6,444,892, issued September 3, 2002, and entitled “Sound System
and Method for Creating a Sound Event Based on a Modeled Sound Field”; U.S. Patent No.
6,740,805, filed May 25, 2004, and entitled “Sound System and Method for Creating a Sound

Event Based on a Modeled Sound Field”; each of which is incorporated herein by reference.

FIELD OF THE INVENTION
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(03)  The invention relates generally to a system and method for generating three-
dimensional sound events using a discretized, integrated macro-micro sound volume for
reproducing a 3D acoustical matrix that produces sound with natural propagation and

reverberation.

BACKGROUND OF THE INVENTION

(04)  Sound reproduction in general may be classified as a process that includes sub-
processes. These sub-processes may include one or more of sound capture, sound transfer,
sound rendering and other sub-processes. A sub-process may include one or more sub-
processes of its own (e.g. sound capture may include one or more of recording, authoring,
encoding, and other processes). Various transduction processes may be included in the sound
capture and sound rendering sub-processes when transforming various energy forms, for
example from physical-acoustical form to electrical form then back again to physical-
acoustical form. In some cases, mathematical data conversion processes (e.g. analog to
digital, digital to analog, efc.) may be used to convert data from one domain to another, such
as, various types of codecs for encoding and decoding data, or other mathematical data

conversion processes.

(05)  The sound reproduction industry has long pursued mastery over transduction
processes (e.g. microphones, loudspeakers, etc.) and data conversion processes (€.g.
encoding/decoding). Known technology in data conversion processes may yield reasonably
precise results with cost restraints and medium issues being primary limiting factors in terms
of commercial viability for some of the higher order codecs. However, known transduction
processes may include several drawbacks. For example, audio components, such as,
microphones, amplifiers, loudspeakers, or other audio components, generally imprint a sonic

type of component colorization onto an output signal for that device which may then be
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passed down the chain of processes, each additional component potentially contributing its
colorizations to an existing signature. These colorizations may inhibit a transparency of a
sound reproduction system. Existing system architectures and approaches may limit

improvements in this area.

(06) A dichotomy found in sound reproduction may include the “real” versus “virtual”
dichotomy in terms of sound event synthesis. “Real” may be defined as sound objects, or
objects, with physical presence in a given space, whether acoustic or electronically prociuced.
“Virtual” may be defined as objects with virtual presence relying on perceptional coding to
create a perception of a source in a space not physically occupied. Virtual synthesis may be
performed using perceptual coding and matrixed signal processing. It may also be achieved
using physical modeling, for instance with technologies like wavefield synthesis which may
provide a perception that objects are further away or closer than the actual physical presence
of an array responsible for generating the virtual synthesis. Any synthesis that relies on
creating a “perception” that sound objects are in a place or space other than where their

articulating devices actually are may be classified as a virtual synthesis.

(07)  Existing sound recording systems typically use a number of microphones (e.g. two or
three) to capture sound events produced by a sound source, e.g., 2 musical instrument and
provide some spatial separation (e.g. a left channel and a right channel). The captured sounds
can be stored and subsequently played back. However, various drawbacks exist with these
types of systems. These drawbacks include the inability to capture accurately three
dimensional information concerning the sound and spatial variations within the sound
(including full spectrum “directivity patterns”). This leads to an inability to accurately
produce or reproduce sound based on the original sound event. A directivity pattern is the

resultant object radiated by a sound source (or distribution of sounnd sources) as a function of
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frequency and observation position around the source (or source distribution). The possible
variations in pressure amplitude and phase as the observation position is changed are due to
the fact that different field values can result from the superposition of the contributions from
all elementary sound sources at the field points. This is correspondingly due to the relative
propagation distances to the observation location from each elementary source location, the
wavelengths or frequencies of oscillation, and the relative amplitudes and phases of these
elementary sources. It is the principle of superposition that gives rise to the radiation patterns
characteristics of various vibrating bodies or source distributions. Since existing recording
systems do not capture this 3-D information, this leads to an inability to accurately model,

produce or reproduce 3-D sound radiation based on the original sound event.

(08)  On the playback side, prior systems typically use “Implosion Type” (IMT), or push,
sound fields. The IMT or push sound ﬁelds.may be modeled to create virtual sound events.
That is, they use two or more directional channels to create a “perimeter effect” object that
may be modeled to depict virtual (or phantom) sound sources within the object.. The basic
IMT paradigm is “stereo,” where a left and a right channel are used to attempt to create a
spatial separation of sounds. More advanced IMT paradigms include surround sound
technologies, some providing as many as five directional channels (left, center, right, rear
left, rear right), which creates a more engulfing object than stereo. However, both are
considered perimeter systems and fail to fully recreate original sounds. Implosion techniques
are not well suited for reproducing sounds that are essentially a point source, such as
stationary sound sources (e.g., musical instruments, human voice, animal voice, etc.) that

radiate sound in all or many directions.

(09) Wit these paradigms “source definition” during playback is usually reliant on

perceptual coding and virtual imaging. Virtual sound events in general do not establish well-
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defined interior fields with convincing presence and robustness for sources interior to a
playback volume. This is partially due to the fact that sound is typically reproduced as a
composite’ event reproduced via perimeter systems from outside-in. Even advanced
technologies like wavefield synthesis may be deficient at establishing interior point sources

that are robust during intensification.

(10)  Other drawbacks and disadvantages of the prior art also exist.

SUMMARY

(11)  An object of the invention is to overcome these and other drawbacks.

(12)  One aspect of the invention relates to a system and method for recording and
reproducing three-dimensional sound events using a discretized, integrated macro-micro
sound volume for reproducing a 3D acoustical matrix that reproduces sound including natural
propagation and reverberation. The system and method may include sound modeling and
synthesis that may enable sound to be reproduced as a volumetric matrix. The volumetric
matrix may be captured, transferred, reproduced, or otherwise processed, as a spatial spectra

of discretely reproduced sound events with controllable macro-micro relationships.

(13)  The system and method may enable customization and an enhanced level of control
over a generation, using a plurality of sound rendering engines, of a sound event that includes
sounds produced by a plurality of sound objects. In order to generate the sound event, the
sound objects may be obtained. Obtaining the sound objects may include obtaining
information related to the sound objects themselves and the sound content produced by theﬂ
sound objects during the sound event. In some embodiments, the sound objects may be user-

selectable. In various instances, some or all of the information related to each of the sound

objects may be adjusted by a user separately from the other sound objects to provide
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enhanced control over the sound event. Once the sound objects have been obtained and/or
selected, they may be associated with the sound rendering devices based on the
characteristics of the sound objects and the sound rendering devices (e.g., positional
information, sonic characteristics, directivity patterns, efc.). In some embodiments, the
associations of the sound objects and sound rendering devices may be determined and/or
overridden by user- selection. The sound rendering devices may then be driven in
accordance with the sound objects to generate the sound event. During the generation of the
sound event each of the sound rendering devices may be independently controlled (either
automatically, or by the user) to provide and enhance level of customization and control over

the generation of the sound event.

(14)  The system may include one or more recording apparatus for recording a sound event
on a recording medium. The recording apparatus may record the sound event as one or more
discrete objects. The discrete objects may include one or more micro objects and/or one or
more macro objects. A micro object may include a sound producing object (e.g. a sound
source), or a sound affecting object (e.g. an object or element that acoustically affects a
sound). A macro object may include one or more micro objects. The system may include
one or more rendering engines. The rendering engine(s) may reproduce the sound event
recorded on the recorded medium by discretely reproducing some or all of the discretely
recorded objects. In some embodiments, the rendering engine may include a composite
rendering engine that includes one or more nearfield rendering engines and one or more
farfield engines. The nearfield rendering engine(s) may reproduce one or more of the micro

objects, and the farfield rendering engine(s) may reproduce one or more of the macro objects.

(15)  According to various embodiments of the invention, a sound object may include any

sound producing object or group of objects. For example, in the context of an original sound
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event (e.g., an orchestral concert), an object may include a single sound object that emits
sound (e.g., a trumpet playing in the orchestra at the concert), or an object may include a
group of sound objects that emit sound (e.g., the horn section of the orchestra). In the context
of a “playback” of a sound event, an object may include a single rendering device (e.g., a
lone loudspeaker or loudspeaker array), a group of rendering devices (e.g., a network of
loudspeakers and/or amplifiers producing sound in a conventional 5.1 format). It may be
appreciated that the term “playback” is not limited to sound events driven based on pre-
recorded signals, and that in some cases sound events produced via rendering engines may be

original events.

(16)  In some embodiments of the invention, sound may be modeled and synthesized based
on an object oriented discretization of a sound volume starting from focal regions inside a
volumetric matrix and working outward to the perimeter of the volumetric matrix. An
inverse template may be applied for discretizing the perimeter area of the volumetric matrix

inward toward a focal region.

(17)  More specifically, one or more of the focal regions may include one or more
independent micro objects inside the volumetric matrix that contribute to a composite volume
of the volumetric matrix. A micro domain may include a micro object volume of the sound
characteristics of a micro object. A macro domain may include a macro object that includes a
plurality of micro objects. The macro domain may include one or more micro object volumes
of one or more micro objects of one or more micro domains as component parts of the macro
domain. In some instances, the composite volume may be described in terms of a plurality of
macro objects that correspond to a plurality of macro domains within the composite volume.
A macro object may be defined by an integration of its micro objects, wherein each micro

domain may remain distinct.
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(18) Because of the propagating nature of sound, sound events may be characterized as a
macro-micro event. An exception may be a single source within an anechoic environment.
This would be a rare case where a micro object has no macro attributes, no reverb, and no
incoming waves, only outgoing waves. More typically, a sound event may include one or
more micro objects (e.g. the sound source(s)) and one or more macro objects (e.g. the overall
effects of various acoustical features of a space in which the original sound propagates and
reverberates). A sound event with multiple sources may include multiple micro objects, but
still may only include one macro object (e.g. a combination of all source attributes and the

attributes of the space or volume which they occur in, if applicable).

(19)  Since micro objects may be separately articulated, the separate sound sources may be
separately controlled and diagnosed. An object network may include one or more micro
objects (e.g., a network of one or more loudspeakers and/or a network of one or more
amplifier elements) that may also be controlled and manipulated by a common controller to
achieve specific macro objectives within the object network. The common controller may
control the object network automatically and/or based on manual adjustments of a user. The
common controller may control objects within the network individually, and relative to each
other. In theory, the micro objects and macro objects that make up an object network may be

discretized to a wide spectrum of defined levels.

(20) In some embodiments of the invention, both an original sound event and a reproduced
sound event may be discretized into nearfield and farfield perspectives. This may enable
articulation processes to be customized and optimized to more precisely reflect the
articulation properties of an original event’s corresponding nearfield and farfield objects,
including appropriate scaling issues. This may be done primarily so nearfield objects may be

further discretized and customized for optimum nearfield wave production on an object
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oriented basis. Farfield object reproductions may require less customization, which may
enable a plurality of farfield objects to be mixed in the signal domain and rendered together
as a composite event. This may work well for farfield sources such as, ambient effects, and
other plane wave sources. It may also work well for virtual sound synthesis where perceptual
cues are used to render virtual sources in a virtual environment. In some embodiments, both
nearfield physical synthesis and farfield virtual synthesis may be combined. In some
embodiments, objects may be selected for nearfield physical synthesis and/or farfield virtual
synthesis based on one or more of a user selection, positional information for the objects, or a

sonic characteristic.

(21)  In some embodiments of the invention, the system may include one or more rendering
engines for nearfield articulation, which may be customizable and discretized. Bringing a
nearfield engine closer to an audience may add presence and clarity to an overall articulation
process. Such Volumetric discretization of micro objects within a given sound event may
enhance a stability of a physical sound stage, and may also enable customization of direct
sound articulation. This may enhance an overall resolution, since sounds may have unique
articulation attributes in terms of wave attributes, scale, directivity, etc. the nuances of which

may be magnified as intensity is increased.

(22)  In various embodiments of the invention, the system may include one or more farfield
engine. The farfield engines may provide the a plurality of micro object volumes included

within a macro domain related to the farfield objects of a sound event.

(23)  According to one embodiment, the two or more independent engines may work
together to produce precise analogs of sound events, captured or specified, with an

augmented precision. Farfield engines may contribute to this compound approach by
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articulating farfield objects, such as, farfield sources, ambient effects, reflected sound, and

other farfield objects. Other discretized perspectives can also be applied.

(24)  For instance, in some embodiments, an exterior noise cancellation device could be
used to counter some or all of a resonance created by an actual playback room. By reducing
or eliminating the effects of a playback room, “double ambience” may be reduced or
eliminated leaving only the ambience of an original event (or of a reproduced event if source
material is recorded dry) as opposed to a combined resonating effect created when the
ambience of an original event’s space is superimposed on the ambience of a reproduced

event’s space (“double ambience”).

(25)  While some or all of the micro objects may retain discreteness throughout a
transference process including the final transduction process and articulation, or, selected
ones of the objects may be mixed if so desired. For instance, to create a derived ambient
effect, or be used within a generalized commercial template where a limited number of
channels might be available, some or all of the discretely transferred objects may be mixed
prior to articulation. Therefore, the data based functions including control over the object
data that corresponds to a sound event may be enhanced to allow for discrete object data (dry
or wet) and/or mixed object data (e.g., matrixed according to a perceptually based algorithm,
matrixed based on user selection, etc.) to flow through an entire processing chain to
compound rendering engine that may include one or more nearfield engines and one or more
farfield engines, for final articulation. In other words, object data may be representative of
three- dimensional sound objects that.can be independently articulated (micro objects) in

addition to being part of a combined macro object.

(26)  The virtual vs. real dichotomy (or virtual sound synthesis vs. physical sound

synthesis), outlined above, may break down similar to the nearfield-farfield dichotomy. In

10
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some embodiments, virtual space synthesis in general may operate well with farfield
architectures and physical space synthesis in general may operate well with nearfield
architectures (although physical space synthesis may also integrate the use of farfield
architectures in conjunction with nearfield architectures). So, the two rendering perspectives
may be layered within a volume’s space, one for nearfield articulation, the other for farfield
articulation, both for macro objects, and both working together to optimize the processes of
volumetric amplification among other things. Of course, this example is provided for
illustrative purposes only, and other perspectives exist that may enable sound events to be

discretized to various levels.

(27)  Layering the two articulation paradigms in this manner may augment the overall
rendering of sound events, but may also present challenges, such as distinguishing when
rendering should change over from virtual to real, or determining where the line between
nearfield and farfield may lie. In order for rendering languages to be enabled to deal with
these two dichotomies, a standardized template may be established defining nearfield
discretization and farfield discretization as a function of layering real and virtual objects
(other functions can be defined as well), resulting in a macro-micro rendering template for

creating definable repeatable analogs.

(28)  While a compound rendering engine may enable an articulation process in a more
object oriented integrated fashion. Other embodiments may exist. For example, a primarily
physical space synthesis system may be used. In such embodiments, all, or substantially all,
aspects of an original sound event may be synthetically cloned and physically reproduced in
an appropriately scaled space. However, the compound approach marrying virtual space
synthesis and physical space synthesis may provide various enhancements, such as,

economic, technical, practical, or other enhancements. It will be appreciated though, that if

11
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enough space is available within a given playback venue, a sound event may be duplicated

using physical space synthesis methods only.

(29)  In various embodiments of the invention, object oriented discretization of objects may
enable improvements in scaling to take place. For example, if generalizations are required
due to budget or space restraints, nearfield scaling issues may enable augmented sound event
generation. Farfield sources may be processed and articulated using one or more separate
rendering engines, which may also be scaled accordingly. As a result macro events may be
reproduced within a given venue (room; car, etc.) using relatively small compound rendering

engines designed to match the volume of the venue.

(30)  Another aspect of the invention may relate to a transparency of sound reproduction.
By discretely controlling some or all of the micro objects included in a sound event, the
sound event may be recreated to compensate for one or more component colorizations

through equalization as the sound event is reproduced.

(31)  Another object of the present invention is to provide a system and method for
capturing an object, which is produced by a sound source over an enclosing surface (e.g.,
approximately a 360° spherical surface), and modeling the object based on predetermined
parameters (e.g., the pressure and directivity of the object over the enclosing space over
time), and storing the modeled object to enable the subsequent creation of a sound event that

is substantially the same as, or a purposefully modified version of, the modeled object.

(32)  Another object of the present invention is to model the sound from a sound source by
detecting its object over an enclosing surface as the sound radiates outwardly from the sound
source, and to create a sound event based on the modeled object, where the created sound

event is produced using an array of loud speakers configured to produce an “explosion” type

12
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acoustical radiation. Preferably, loudspeaker clusters are in a 360° (or some portion thereof)
cluster of adjacent loudspeaker panels, each panel comprising one or more loudspeakers
facing outward from a common point of the cluster. Preferably, the cluster is configured in
accordance with the transducer configuration used during the capture process and/or the

shape of the sound source.

(33)  According to one object of the invention, an explosion type acoustical radiation is
used to create a sound event that is more similar to naturally produced sounds as compared
with “implosion” type acoustical radiation. Natural sounds tend to originate from a point in

space and then radiate up to 360° from that point.

(34)  According to one aspect of the invention, acoustical data from a sound source is
captured by a 360° (or some portion thereof) array of transducers to capture and model the
object produced by the sound source. If a given object is comprised of a plurality of sound
sources, it is preferable that each individual sound source be captured and modeled

separately.

(35) A playback system comprising an array of loudspeakers or loudspeaker systems
recreates the original object. Preferably, the loudspeakers are configured to project sound
outwardly from a spherical (or other shaped) cluster. Preferably, the object fromm each
individual sound source is played back by an independent loudspeaker cluster radiating sound
in 360° (or some portion thereof). Each of the plurality of loudspeaker clusters, representing
one of the plurality of original sound sources, can be played back simultaneously according
to the specifications of the original objects produced by the original sound sources. Using this
method, a composite object becomes the sum of the individual sound sources wvithin the

object.

13
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(36)  To create a near perfect representation of the object, each of the plurality of
loudspeaker clusters representing each of the plurality of original sound sources should be
located in accordance with the relative location of the plurality of original sound sources.
Although this is a preferred method for EXT reproduction, other approaches may be uised.
For example, a composite object with a plurality of sound sources can be captured by a single
capture apparatus (360° spherical array of transducers or other geometric configuration
encompassing the entire composite object) and played back via a single EXT loudspe aker
cluster (360° or any desired variation). However, when a plurality of sound sources ir1 a given
object are captured together and played back together (sharing an EXT loudspeaker c luster),
the ability to individually control each of the independent sound sources within the object is
restricted. Grouping sound sources together also inhibits the ability to precisely “locate” the
position of each individual sound source in accordance with the relative position of the
original sound sources. However, there are circumstances which are favorable to grouping
sound sources together. For instance, during a musical production with many musical
instruments involved (i.e., full orchestra). In this case it would be desirable, but not

necessary, to group sound sources together based on some common characteristic (e. 5.,

strings, woodwinds, horns, keyboards, percussion, etc.).

(37)  In applying volumetric geometry to objectively define volumetric space and direction
parameters in terms of the placement of sources, the scale between sources and between room
size and source size, the attributes of a given volume or space, movement algorithms for
sources, etc., may be done using a variety of evaluation techniques. For example, a rmethod
of standardizing the volumetric modeling process may include applying a focal point
approach where a point of orientation is defined to be a “focal point” or “focal regiora” for a

given sound volume.

14
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(38)  According to various embodiments of the invention, focal point coordinates for any
volume may be computed from dimensional data for a given volume which may be measured
or assigned. Since a volume may have a common reference point, its focal point, everything
else may be defined using a three dimensional coordinate system with volume focal points
serving as a common origin. Other methods for defining volumetric parameters may be used
as well, including a tetrahedral mesh, or other methods. Some or all of the volumetric
computation may be performed via computerized processing. Once a volume’s macro-micro
relationships are determined based on a common reference point (e.g. its focal point), scaling
issues may be applied in an objective manner. Data based aspects (e.g. content) can be

captured (or defined) and routed separately for rendering via a compound rendering engine.

(39)  For applications that occur in open space without full volumetric parameters (e.g. a
concert in an outdoor space), the missing volumetric parameters may be assigned based on
sound propagation laws or they may be reduced to minor roles since only ground reflections
and intraspace dynamics among sources may be factored into a volumetric equation in terms
of reflected sound and other ambient features. However even under these conditions a sound
event’s focal point (used for scaling purposes among other things) may still be determined by

using area dimension and height dimension for an anticipated event location.

(40) By establishing an area based focal point with designated height dimensions even
outdoor events and other sound events not occurring in a structured volume may be

appropriately scaled and translated from reference models.

(41)  These and other objects of the invention are accomplished according to one
embodiment of the present invention by defining an enclosing surface (spherical or other
geometric configuration) around one or more sound sources, generating a object from the

sound source, capturing predetermined parameters of the generated object by using an array

15
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of transducers spaced at predetermined locations over the enclosing surface, modeling the
object based on the captured parameters and the known location of the transducers and
storing the modeled object. Subsequently, the stored object can be used selectively to create
sound events based on the modeled object. According to one embodiment, the created sound
event can be substantially the same as the modeled sound event. According to another
embodiment, one or more parameters of the modeled sound event may be selectively
modified. Preferably, the created sound event is generated by using an explosion type
loudspeaker configuration. Each of the loudspeakers may be independently driven to

reproduce the overall object on the enclosing surface.

BRIEF DESCRIPTION OF THE DRAWINGS

(42)  FIG. 1 is a schematic of a system according to an embodiment of the present

invention.

(43) FIG. 2 is a perspective view of a capture module for capturing sound according to an

embodiment of the present invention.

(44)  FIG. 3 is a perspective view of a reproduction module according to an embodiment of

the present invention,

(45)  FIG. 4 is a flow chart illustrating operation of a sound field representation and

reproduction system according to an embodiment of the present invention.

(46) FIG. 5 is an exemplary illustration of a system for generating a sound event, in

accordance with some embodiments of the invention.

(47)  FIG. 6 illustrates several composite sound rendering engines according to some

embodiments of the invention.
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(48)  FIG. 7 is an exemplary illustration of a composite sound rendering engine, in

accordance with some embodiments of the invention.

(49)  FIG. 8 is an exemplary illustration of a composite sound rendering engine, in

accordance with some embodiments of the invention.

(50)  FIG. 9 illustrates several coordinate systems that may be implemented in various

embodiments of the invention.

(51) FIG. 10 illustrates a composite sound rendering engine that may be implemented in an

outdoor environment according to some embodiments of the invention.

(52) FIG. 11 is an exemplary illustration of a user interface, in accordance with some

embodiments of the invention.

(53) FIG. 12 illustrates a method of producing a sound event according to some

embodiments of the invention.

DETAILED DESCRIPTION OF THE DRAWINGS

(54)  One aspect of the invention relates to a system and method for recording and
reproducing three-dimensional sound events using a discretized, integrated macro-micro
sound volume for reproducing a 3D acoustical matrix that reproduces sound including natural
propagation and reverberation. The system and method may include sound modeling and
synthesis that may enable sound to be reproduced as a volumetric matrix. The volumetric
matrix may be captured, transferred, reproduced, or otherwise processed, as a spatial spectra

of discretely reproduced sound events with controllable macro-micro relationships.

(55)  FIG. 5 illustrates an exemplary embodiment of a system 510. System 510 may
include one or more recording apparatus 512 (illustrated as micro recording apparatus 512a,
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micro recording apparatus 512b, micro recording apparatus 512¢, micro recording apparatus
512d, and macro recording apparatus 512¢) for recording a sound event on a recording
medium 514. Recording apparatus 512 may record the sound event as one or more discrete
objects. The discrete objects may include one or more micro objects and/or one or more
macro objects. A micro object may include a sound producing object (e.g. a sound source),
or a sound affecting object (e.g. an object or element that acoustically affects a sound). A
macro object may include one or more micro objects. System 510 may include one or more
rendering engines. The rendering engine(s) may reproduce the sound event recorded on
recorded medium 514 by discretely reproducing some or all of the discretely recorded
objects. In some embodiments, the rendering engine may include a composite rendering
engine 516. The composite rendering engine 516 may include one or more micro rendering
engines 518 (illustrated as micro rendering engine 518a, micro rendering engine 518b, micro
rendering engine 518¢c, and micro rendering engine 518d) and one or more macro engines
520. Micro rendering engines 518a-518d may reproduce one or more of the micro objects,

and macro rendering engine 520 may reproduce one or more of the macro objects.

(56)  Each micro object within the original sound event and the reproduced sound event
may include a micro domain. The micro domain may include a micro object volume of the
sound characteristics of the micro object. A macro domain of the original sound event and/or
the reproduced sound event may include a macro object that includes a plurality of micro
objects. The macro domain may include one or more micro object volumes of one or more
micro objects of one or more micro domains as component parts of the macro domain. In
some instances, the composite volume may be described in terms of a plurality of macro
objects that correspond to a plurality of macro domains within the composite volume. A
macro object may be defined by an integration of its micro objects, wherein each micro

domain may remain distinct. Micro objects may be grouped into a macro object based on one
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or more of a user selection, positional information for the objects, or a sonic characteristic.
Macro objects may be controlled during reproduction (or production, for an original sound
event) individually by a common controller that manipulates the macro objects relative to
each other to provide the whole of the sound event. In some instances, the common
controller may enable individual control over some or all of the micro objects, and may
control the macro objects relative to each other by controlling some or all of the micro objects
within the macro objects individually in a coordinated manner. The common controller may

control the objects automatically and/or based on manipulation of a user.

(57)  Because of the propagating nature of sound, a sound event may be characterized as a
macro-micro event. An exception may be a single source within an anechoic environment.
This would be a rare case where a micro object has no macro attributes, no reverb, and no
incoming waves, only outgoing waves. More typically, a sound event may include one or
more micro objects (e.g. the sound source(s)) and one or more macro objects (e.g. the overall
effects of various acoustical features of a space in which the original sound propagates and
reverberates). A sound event with multiple sources may include multiple micro objects, but
still may only include one macro object (e.g. a combination of all source attributes and the

attributes of the space or volume which they occur in, if applicable).

(58)  Since micro objects may be separately articulated, the separate sound sources may be
separately controlled and diagnosed. In such embodiments, composite rendering apparatus
516 may form an object network. The object network may include a network of loudspeakers
and/or a network of amplifier elements under common control. For example, the object
network may include micro rendering engines 518a-518d as micro objects that may also be
controlled and manipulated to achieve specific macro objectives within the object network.

Macro rendering engine 520 may be included in the object network as a macro object that
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may be controlled and manipulated to achieve various macro objectives within the object
network, such as, mimicking acoustical properties of a space in which the original sound
event was recorded, canceling acoustical properties of a space in which the reproduced sound
event takes place, or other macro objectives. In some embodiments, the micro objects and
macro objects that make up an object network may be discretized to a wide spectrum of
defined levels that may include grouping micro objects into macro objects based on or more
of a user selection, positional information for the sound objects, a sonic characteristic, or

other criteria.

(59)  In some embodiments of the invention, both an original sound event and a reproduced
sound event may be discretized into nearfield and farfield perspectives. This may enable
articulation processes to be customized and optimized to more precisely reflect the
articulation properties of an original event’s corresponding nearfield and farfield objects,
including appropriate scaling issues. This may be done primarily so nearfield objects may be
further discretized and customized for optimum nearfield wave production on an object
oriented basis. Farfield object reproductions may require less customization, which may
enable a plurality of farfield objects to be mixed in the signal domain and rendered together
as a composite event. This may work well for farfield sources such as, ambient effects, and
other plane wave sources. It may also work well for virtual sound synthesis where perceptual
cues are used to render virtual sources in a virtual environment. In some preferred
embodiments, both nearfield physical synthesis and farfield virtual synthesis may be
combined. For example, micro rendering engines 518a-518d may be implemented as
nearfield objects, while macro rendering engine 520 may be implemented as a farfield object.
In some embodiments, objects may be implemented as nearfield objects and/or farfield
objects based on one or more of a user selection, positional information for the sound objects,
a sonic characteristic, or other criteria.
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(60)  FIG. 6D illustrates an exemplary embodiment of a composite rendering engine 608
that may include one or more nearfield rendering engines 610 (illustrated as nearfield
rendering engine 610a, nearfield rendering engine 610b, nearfield rendering engine 610c, and
nearfield rendering engine 610d) for nearfield articulation, which may be customizable and
discretized. Bringing nearfield engines 610a-610d closer to a listening area 612 may add
presence and clarity to an overall articulation process. Volumetric discretization of nearfield
rendering engines 610a-610d within a reproduced sound event may not only help to establish
a more stable physical sound stage, it may also enable customization of direct sound
articulation, object by object if necessary. This may enhance an overall resolution, since
sounds may have unique articulation attributes in terms of wave attributes, scale, directivity,

etc. the nuances of which get magnified when intensity is increased.

(61) Invarious embodiments of the invention, composite rendering engine 608 may
include one or more farfield rendering engines 614 (illustrate as farfield rendering engine
614a, farfield rendering engine 614b, farfield rendering engine 614c, and farfield rendering
engine 614d). The farfield rendering engines 614a-614d may provide a plurality of micro
object volumes included within a macro domain related to farfield objects of in a reproduced

sound event.

(62)  According to one embodiment, the nearfield rendering engines 610a-610d and the
farfield engines 614a-614d may work together to produce analogs of sound events, captured
or specified. Farfield rendering engines 614a-614d may contribute to this compound
approach by articulating farfield objects, such as, farfield sources, ambient effects, reflected

sound, and other farfield objects. Other discretized perspectives can also be applied.

(63) FIG. 7 illustrates an exemplary embodiment of a composite rendering engine 710 that

may include an exterior noise cancellation engine 712. Exterior noise cancellation engine
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712 may be used to counter some or all of a resonance created by an actual playback room
714. By reducing or eliminating the effects of playback room 714, “double ambience” may be
reduced or eliminated leaving only the ambience of the original sound event (or of the
reproduced event if source material is recorded dry) as opposed to a combined resonating
effect created when the ambience of an original event’s space is superimposed on the

ambience of playback room 714 (“double ambience”).

(64)  In some embodiments of the invention, some or all of the micro objects included in an
original sound event may retain discreteness throughout a transference process including the
final transduction process and articulation, or, selected ones of the objects may be mixed if so
desired. For instance, to create a derived ambient effect, or be used within a generalized
commercial template where a limited number of channels might be available, selected ones of
the discretely transferred objects may be mixed prior to articulation. The selection of objects
for mixing may be automatic and/or based on user selection. Therefore, the data based
functions including control over the object data that corresponds to a sound event may be
enhanced to allow for discrete object data (dry or wet) and/or mixed object data (e.g.,
matrixed according to a perceptually based algorithm, matrixed according to user selection,
etc.) to flow through an entire processing chain to compound rendering engine that may
include one or more nearfield engines and one or more farfield engines, for final articulation.
In other words, object data may be representative of micro objects, such as three- dimensional
sound objects, that can be independently articulated (e.g. l;y micro rendering engines) in

addition to being part of a combined macro object.

(65) The virtual vs. real dichotomy (or virtual sound synthesis vs. physical sound
synthesis), outlined above, may break down similar to the nearfield-farfield dichotomy. In

some embodiments, virtual space synthesis in general may operate well with farfield
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architectures and physical space synthesis in general may operate well with nearfield
architectures (although physical space synthesis may also integrate the use of farfield
architectures in conjunction with nearfield architectures). So, the two rendering perspectives
may be layered within a volume’s space, one for nearfield articulation, the other for farfield
articulation, both for macro objects, and both working together to optimize the processes of
volumetric amplification among other things. Of course, this example is provided for
illustrative purposes only, and other perspectives exist that may enable sound events to be

discretized to various levels.

(66) Layering the two articulation paradigms in this manner may augment the overall
rendering of sound events, but may also present challenges, such as distinguishing when
rendering should change over from virtual to real, or determining where the line between
nearfield and farfield may lie. In order for rendering languages to be enabled to deal with
these two dichotomies, a standardized template may be established defining nearfield
discretization and farfield discretization as a function of layering real and virtual objects
(other functions can be defined as well), resulting in a macro-micro rendering template for

creating definable repeatable analogs.

(67)  FIG. 8 illustrates an exemplary embodiment of a composite rendering engine 810 that
may layer a nearfield paradigm 812, a midfield paradigm 814, and a farfield paradigm 816.
Nearfield paradigm 812 may include one or more nearfield rendering engines 818. Nearfield
engines 818 may be object oriented in nature, and may be used as direct sound articulators.
Farfield paradigm 816 may include one or more farfield rendering engines 820. Farfield
rendering engines 820 may function as macro rendering engines for accomplishing macro
objectives of a reproduced sound event. Farﬁeld rendering engines 820 may be used as

indirect sound articulators. Midfield paradigm 814 may include one or more midfield
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rendering engines 822. Midfield rendering engines 822 may be used as macro rendering
engines, as micro rendering engines implemented as micro objects in a reproduced sound
event, or to accomplish a combination of macro and micro objectives. By segregating
articulation engines for direct and indirect sound, a sound space may be more optimally

energized resulting in a more well defined explosive sound event.

(68)  According to various embodiments of the invention, composite rendering engine 810
may include using physical space synthesis technologies for nearfield rendering engines 818
while using virtual space synthesis technologies for farfield rendering engines 820. Nearfield

rendering engines 818 may be further discretized and customized.

(69)  Other embodiments may exist. For example, a primarily physical space synthesis
system may be used. In such embodiments, all, or substantially all, aspects of an original
sound event may be synthetically cloned and physically reproduced in an appropriately scaled
space. However, the compound approach marrying virtual space synthesis and physical space
synthesis may provide various enhancements, such as, economic, technical, practical, or other
enhancements. However it will be appreciated that if enough space is available within a

given playback venue, a sound event may be duplicated using physical space synthesis

methods only.

(70)  In various embodiments of the invention, object oriented discretization of objects may
enable improvements in scaling to take place. For example, if generalizations are required
due to budget or space restraints, nearfield scaling issues may enable augmented sound event
generation. Farfield sources may be processed and articulated using one or more separate
rendering engines, which may also be scaled accordingly. As a result macro events may be
reproduced within a given venue (room, car, etc.) using relatively small compound rendering

engines designed to match the volume of the venue.
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(71)  Another aspect of the invention may relate to a transparency of sound reproduction.
By discretely controlling some or all of the micro objects included in a sound event, the
sound event may be recreated to compensate for one or more component colorizations

through equalization as the sound event is reproduced.

(72)  FIG. 11 is an exemplary illustration of a user interface 1110, in accordance with some
embodiments of the invention. User interface 1110 may include a graphical user interface
(“GUI”) that may be presented to a user via a computer console, a playback system console,
or some other display. The user interface 1110 may enable the user to control a production of
a sound event in which one or more sound objects produce sound. In some embodiments of
the invention, user interface 1110 may present object information 1112, rendering engine

information 1114, and macro grouping information 1116 to the user.

(73)  According to various embodiments of the invention, object information 1112 may
include information associated with one or more sound objects that produce sounds in the
sound event being controlled via user interface 1110. In some embodiments, user interface
1110 may include a mechanism for selecting sound objects, such as a menu, a search
window, a button, or another mechanism. Object information 1112 may include a signal path
selection mechanism 1118 that enables the user to select a signal path over which a signal
may be sent to a rendering engine to drive the rendering engine in accordance with the sound
object. Since the rendering engine may be associated with a predetermined signal path,
selection of the signal path may enable selection of a rendering engine to be driven in
accordance with the sound object. Signal path selection mechanism 1118 may include a

menu, a search window, a button, or another mechanism.

(74)  In some embodiments, objection information 1112 may include a meta data display

1120. Meta data display 1120 may display meta data associated with the sound object. Meta
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data may include information about the sound object other than sound content. For example,
meta data may include a type of sound source or sound sources associated with the sound
object (e.g., a musical instrument type), a directivity pattern of the sound source, positional
information (e.g., coordinate position, velocity, acceleration, rotational orientation, efc.) of
the sound source during the sound event, sonic characteristics (e.g., an amplitude, a frequency
range, a phase, a timbre, efc.) of the sound source, or other information associated with the
sound source. Some or all of the meta data associated with the sound source may be captured
along with sound content (in instances in which the sound event was pre-recorded), may be
specified by a user downstream from sound content capture, or otherwise obtained. For
example, meta data may include the INTEL data and meta data described in the related U.S.
Provisional Patent Application Serial No. 60/414,423, filed September 30, 2002, and entitled
“System and Method for Integral Transference of Acoustical Events.” In some embodiments,
meta data display 1120 may include one or more meta data modification mechanisms 1122
that enable the user to modify the meta data associated with the sound object. In some
embodiments, modification mechanisms 1122 may enable the user to independently modify
the meta data for one of the sound objects relative to the meta data of others of the sound

objects.

(75)  In some embodiments of the invention, object information 1112 may include a macro
grouping mechanism 1124. Macro grouping mechanism may enable one or more of the
sound objects displayed in user interface 1110 to be grouped into a macro sound object.
Macro grouping mechanism 1124 may include 2 menu, a search window, a button, or other

mechanisms for grouping the sound objects.

(76)  According to various embodiments of the invention, rendering engine information

1114 may present information regarding one or more sound rendering engines driven to

26



WO 2006/050353 PCT/US2005/039445

produce the sound event. For example, rendering engine information 1114 may include
which signal paths are associated with which rendering engines, meta data regarding the
rendering engines (e.g., directivity pattern, positional information, sonic characteristics,
loudspeaker type, amplifier type, efc.), or other information associated with the rendering
engines. In some embodiments, rendering engine information 1114 may include one or more
rendering engine adjustment mechanisms 1126. Rendering engine adjustment mechanisms
1126 may include a menu (e.g., a pop-up menu, a drop-down menu, efc.), a button, or another
mechanism to provide control over the rendering engines. In some instances, rendering
engine adjustment mechanisms 1126 may provide access to a dynamic controller for
controlling the rendering engines. The dynamic controller may be similar to the dynamic
controller disclosed in U.S. Patent Application Serial No. 08/749,766, filed December 20,
1996, and entitled “Sound System and Method for Capturing and Reproducing Sounds

Originating From a Plurality of Sound Sources.”

(77)  In some embodiments of the invention, macro grouping information 1116 may display
information related to groupings of sound objects grouped into macro sound objects. In some
instances, macro grouping information 1116 may include a macro object adjustment
mechanism 1128. Macro object adjustment mechanism 1128 may include a menu (e.g., 2
pop-up menu, a drop-down menu, efc.), a button, or another mechanism to provide control
over the rendering engines. Macro object adjustment mechanism 1128 may enable
adjustment of a macro sound object formed from a group of the sound objects. For example,
macro object adjustment mechanism 1128 may enable coordinated control of the sound
objects (e.g., via modification of meta-data, efc.) to independently control the macro sound
object relative to sound objects not included in the macro sound object. In some
embodiments, macro object adjustment mechanism 1128 may enable coordinated control of

the rendering engine, or rendering engines, that are driven according to the sound objects
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included in the macro sound object to independently control the macro sound object relative

to sound objects not included in the macro sound object.

(78)  FIG. 12 illustrates a method 1210 of producing a sound event within a volume, the
sound event comprising sounds from two or more sound objects. At an operation 1212 sound
objects that emit sounds during the sound event are obtained. Obtaining the sound objects
may include obtaining information related to the sound objects during the sound event. For
example, the information related to the sound objects may include meta data associated with
the sound objects, sound content produced by the sound objects during the sound event, or
other information. The information related to the sound event may be obtained from an
electronically readable storage medium, may be specified by a user, or may be otherwise

obtained.

(79)  Atan operation 1214 positional information for the obtained objects may be specified.
In some instances, positional information may be specified within the information obtained at
operation 1212. In these instances, the positional information may be adjusted by the user.

In other instances, the positional information may be specified by the user.

(80) At an operation 1216 one or more rendering devices may be positioned. The
rendering devices may be positioned so as to correspond with the positional information for
the sound objects. In some embodiments, the rendering devices may be positioned so as to
correspond with anticipated positional information for the sound objects. For example, one
or more rendering devices may be positioned in a centralized location to correspond to where
a performer would be positioned during a performance. In other embodiments, the rendering
devices may be positioned subsequent to the obtaining of the positional information of the
sound objects, and may be positioned to precisely coincide with the positions of the sound

objects during the sound event.
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(81) At an operation 1218 the sound objects may be associated with the rendering devices.
In some embodiments, the sound objects may be associated with the rendering devices based
on the characteristics of the sound objects and the rendering devices, such as, for example,
the positions of the sound objects and the rendering devices, the sonic characteristics of the
sound objects and the rendering devices, the directivity patterns of the rendering devices and

the sound objects, or other characteristics of the sound objects and the rendering devices.

(82) At an operation 1220 the rendering devices may be driven in accordance with the
associated sound objects to produce the sound event. In some embodiments of the invention,
driving the rendering devices may include dynamically and individually controlling the
rendering devices. The rendering devices may be controlled based on one or more of user

selection, the information obtained for the sound objects, or other considerations.

(83) Figure 1 illustrates a system according to an embodiment of the invention. Capture
module 110 may enclose sound sources and capture a resultant sound. According to an
embodiment of the invention, capture module 110 may comprise a plurality of enclosing
surfaces ['a, with each enclosing surface I'a associated with a sound source. Sounds may be
sent from capture module 110 to processor module 120. According to an embodiment of the
invention, processor module 120 may be a central processing unit (CPU) or other type of
processor. Processor module 120 may perform various processing functions, including
modeling sound received from capture module 110 based on predetermined parameters (e.g.,
amplitude, frequency, direction, formation, time, etc.). Processor module 120 may direct
information to storage module 130. Storage module 130 may store information, including
modeled sound. Modification module 140 may permit captured sound to be modified.
Modification may include modifying volume, amplitude, directionality, and other parameters.

Driver module 150 may instruct reproduction modules 160 to produce sounds according to a
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model. According to an embodiment of the invention, reproduction module 160 may be a
plurality of amplification devices and loudspeaker clusters, with each loudspeaker cluster
associated with a sound source. Other configurations may also be used. The components of

Figure 1 will now be described in more detail.

(84)  Figure 2 depicts a capture module 110 for implementing an embodiment of the
invention. As shown in the embodiment of Figure 2, one aspect of the invention comprises at
least one sound source located within an enclosing (or partially enclosing) surface I'a, which
for convenience is shown to be a sphere. Other geometrically shaped enclosing surface I'a
configurations may also be used. A plurality of transducers are located on the enclosing
surface I"a at predetermined locations. The transducers are preferably arranged at known
locations according to a predetermined spatial configuration to permit parameters of a sound
field produced by the sound source to be captured. More specifically, when the sound source
creates a sound field, that sound field radiates outwardly from the source over substantially
360°. However, the amplitude of the sound will generally vary as a function of various
parameters, including perspective angle, frequency and other parameters. That is to say that at
very low frequencies (~ 20 Hz), the radiated sound amplitude from a source such as a speaker
or a musical instrument is fairly independent of perspective angle (omni-directional). As the
frequency is increased, different directivity patterns will evolve, until at very high frequency
(~ 20 kHz), the sources are very highly directional. At these high frequencies, a typical
speaker has a single, narrow lobe of highly directional radiation centered over the face of the
speaker, and radiates minimally in the other perspective angles. The sound field can be
modeled at an enclosing surface I'a by determining various sound parameters at various
locations on the enclosing surface I'a. These parameters may include, for example, the
amplitude (pressure), the direction of the sound field at a plurality of known points over the
enclosing surface and other parameters.
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(85)  According to one embodiment of the present invention, when a sound field is
produced by a sound source, the plurality of transducers measures predetermined parameters
of the sound field at predetermined locations on the enclosing surface over time. As detailed

below, the predetermined parameters are used to model the sound field.

(86)  For example, assume a spherical enclosing surface I'a with N transducers located on
the enclosing surface I'a. Further consider a radiating sound source surrounded by the
enclosing surface, I'a (Figure 2). The acoustic pressure on the enclosing surface I'a due to a
soundfield generated by the sound source will be labeled P(a). It is an object to model the
sound field so that the sound source can be replaced by an equivalent source distribution such
that anywhere outside the enclosing surface I"a, the sound field, due to a sound event
generated by the equivalent source distribution, will be substantially identical to the sound
field generated by the actual sound source (Figure 3). This can be accomplished by
reproducing acoustic pressure P(a) on enclosing surface I'a with sufficient spatial resolution.
If the sound field is reconstructed on enclosing surface I'a, in this fashion, it will continue to

propagate outside this surface in its original manner.

(87)  While various types of transducers may be used for sound capture, any suitable device
that converts acoustical data (e.g., pressure, frequency, etc.) into electrical, or optical data, or
other usable data format for storing, retrieving, and transmitting acoustical data” may be

used.

(88)  Processor module 120 may be central processing unit (CPU) or other processor.
Processor module 120 may perform various processing functions, including modeling sound
received from capture module 110 based on predetermined parameters (e.g., amplitude,
frequency, direction, formation, time, etc.), directing information, and other processing

functions. Processor module 120 may direct information between various other modules
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within a system, such as directing information to one or more of storage module 130,

modification module 140, or driver module 150.

(89)  Storage module 130 may store information, including modeled sound. According to
an embodiment of the invention, storage module may store a model, thereby allowing the
model to be recalled and sent to modification module 140 for modification, or sent to driver

module 150 to have the model reproduced.

(90) Modification module 140 may permit captured sound to be modified. Modification
may include modifying volume, amplitude, directionality, and other parameters. While
various aspects of the invention enable creation of sound that is substantially identical to an
original sound field, purposeful modification may be desired. Actual sound field models can
be modified, manipulated, etc. for various reasons including customized designs, acoustical
compensation factors, amplitude extension, macro/micro projections, and other reasons.
Modification module 140 may be software on a computer, a control board, or other devices

for modifying a model.

(91)  Driver module 150 may instruct reproduction modules 160 to produce sounds
according to a model. Driver module 150 may provide signals to control the output at
reproduction modules 160. Signals may control various parameters of reproduction module
160, including amplitude, directivity, and other parameters. Figure 3 depicts a reproduction
module 160 for implementing an embodiment of the invention. According to an embodiment
of the invention, reproduction module 160 may be a plurality of amplification devices and

loudspeaker clusters, with each loudspeaker cluster associated with a sound source.

(92)  Preferably there are NV transducers located over the enclosing surface I'a of the sphere

for capturing the original sound field and a corresponding number N of transducers for
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reconstructing the original sound field. According to an embodiment of the invention, there
may be more or less transducers for reconstruction as compared to transducers for capturing.

Other configurations may be used in accordance with the teachings of the present invention.

(93)  Figure 4 illustrates a flow-chart according to an embodiment of the invention wherein
a number of sound sources are captured and recreated. Individual sound source(s) may be
located using a coordinate system at step 10. Sound source( s) may be enclosed at step 15,
enclosing surface I'a may be defined at step 20, and N trans ducers may be located around
enclosed sound source(s) at step 25. According to an embodiment of the invention, as
illustrated in Figure 2, transducers may be located on the enclosing surface I'a. Sound(s) may
be produced at step 30, and sound(s) may be captured by transducers at step 35. Captured
sound(s) may be modeled at step 40, and model(s) may be stored at step 45. Model(s) may be
translated to speaker cluster(s) at step 50. At step 55, speaker cluster(s) may be located based
on located coordinate(s). According to an embodiment of thie invention, translating a model
may comprise defining inputs into a speaker cluster. At step 60, speaker cluster(s) may be
driven according to ea;:h model, thereby producing a sound . Sound sources may be captured
and recreated individually (e.g., each sound source in a band is individually modeled) or in

groups. Other methods for implementing the invention may" also be used.

(94)  According to an embodiment of the invention, as illustrated in Figure 2, sound from a
sound source. may have components in three dimensions. T hese components may be
measured and adjusted to modify directionality. For this reproduction system, it is desired to
reproduce the directionality aspects of a musical instrument, for example, such that when the
equivalent source distribution is radiated within some arbitrary enclosure, it will sound just
like the original musical instrument playing in this new enc losure. This is different from

reproducing what the instrument would sound like if one were in fifth row center in Carnegie
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Hall within this new enclosure. Both can be done, but the approaches are different. For
example, in the case of the Carnegie Hall situation, the original sound event contains not only
the original instrument, but also its convolution with the concert hail impulse response. This
means that at the listener location, there is the direct field (or outgoing field) from the
instrument plus the reflections of the instrument off the walls of the hail, coming from
possibly all directions over time. To reproduce this event within a playback environment, the
response of the playback environment should be canceled through proper phasing, such that
substantially only the original sound event remains. However, we would need to fit a volume
with the inversion, since the reproduced field will not propagate as a standing wave field
which is characteristic of the original sound event (i.e., waves going in many directions at
once). If, however, it is desired to reproduce the original instrument’s radiation pattern
without the reverberatory effects of the concert hail, then the field will be made up of
outgoing waves (from the source), and one can fit the outgoing field over the surface of a
sphere surrounding the original instrument. By obtaining the inputs to the array for this case,
the field will propagate within the playback environment as if the original instrument were

actually playing in the playback room.
(95)  So, the two cases are as follows:

96) 1. To reproduce the Carnegie Hall event, one needs to know the total
reverberatory sound field within a volume, and fit that field with the array subject to spatial
Nyquist cdnvergence criteria. There would be no guarantee however that the field would

converge anywhere outside this volume.

97) 2. To reproduce the original instrument alone, one needs to know the outgoing
(or propagating) field only over a circumscribing sphere, and fit that field with the array

subject to convergence criteria on the sphere surface. If this field is fit with sufficient

34



WO 2006/050353 PCT/US2005/039445

convergence, the field will continue to propagate within the playback environment as if the

original instrument were actually playing within this volume.

(98)  Thus, in one case, an outgoing sound field on enclosing surface I'a has either been
obtained in an anechoic environment or reverberatory effects of a bounding medium have
been removed from the acoustic pressure P(a). This may be done by separating the sound
field into its outgoing and incoming components. This may be performed by measuring the
sound event, for example, within an anechoic environment, or by removing the reverberatory
effects of the recording environment in a known manner. For example, the reverberatory
effects can be removed in a known manner using techniques from spherical holography. For
example, this requires the measurement of the surface pressure and velocity on two
concentric spherical surfaces. This will permit a formal decomposition of the fields using
spherical harmonics, and a determination of the outgoing and incoming components
comprising the reverberatory field. In this event, we can replace the original source with an
equivalent distribution of sources within enclosing surface I'a. Other methods may also be

used.

(99) By introducing a function H;;(®), and defining it as the transfer function between
source point “i” (of the equivalent source distribution) to field point “j (on the enclosing
surface I"a), and denoting the column vector of inputs to the sources yj(®), i=1,2...N, as X,
the column vector of acoustic pressures P(a); j =1, 2, ...N, on enclosing surface I'a as P, and
the N x N transfer function matrix as H, then a solution for the independent inputs required
for the equivalent source distribution to reproduce the acoustic pressure P(a) on enclosing

surface I'a may be expressed as follows

(100) X=H'P. (Eqn. 1)
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(101) Given a knowledge of the acoustic pressure P(a) on the enclosing surface I'a, and a
knowledge of the transfer function matrix (£), a solution for the inputs X may be obtained

from Eqn. (1), subject to the condition that the matrix i !'is nonsingular.

(102) The spatial distribution of the equivalent source distribution may be a volumetric
array of sound sources, or the array may be placed on the surface of a spherical structure, for
example, but is not so limited. Determining factors for the relative distribution of the source
distribution in relation to the enclosing surface I'a may include that they lie within enclosing
surface ["a, that the inversion of the transfer function matrix, H Iis nonsingular over the
entire frequency range of interest, or other factors. The behavior of this inversion is
connected with the spatial situation and frequency response of the sources through the

appropriate Green’s Function in a straightforward manner.

(103) The equivalent source distributions may comprise one or more of:

(104) a) piezoceramic transducers,

(105) b) Polyvinyldine Flouride (PVDF) actuators,

(106) ¢) Mylar sheets,

(107) d) vibrating panels with specific modal distributions,
(108) ¢) standard electroacoustic transducers,

(109) with various responses, including frequency, amplitude, and other responses,
sufficient for the specific requirements (e.g., over a frequency range from about 20 Hz to

about 20 kHz.
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(110) Concerning the spatial sampling criteria in the measurement of acoustic pressure P(a)
on the enclosing surface I"a, from Nyquist sampling criteria, a minimum requirement may be
that a spatial sample be taken at least one half the highest wavelength of interest. For 20 kHz
in air, this requires a spatial sample to be taken every 8 mm. For a spherical enclosing I'a
surface of radius 2 meters, this results in approximately 683,600 sample locations over the

entire surface. More or less may also be used.

(111) Concerning the number of sources in the equivalent source distribution for the
reproduction of acoustic pressure P(a), it is seen from Eqn. (1) that as many sources may be
required as there are measurement locations on enclosing surface I'a. According to an
embodiment of the invention, there may be more or less sources when compared to

measurement locations. Other embodiments may also be used.

(112) Concerning the directivity and amplitude variational capabilities of the array, it is an
object of this invention to allow for increasing amplitude while maintaining the same spatial
directivity characteristics of a lower amplitude response. This may be accomplished in the
manner of solution as demonstrated in Eqn. 1, wherein now we multiply the matrix P by the
desired scalar amplitude factor, while maintaining the original, relative amplitudes of

acoustic pressure P(a) on enclosing surface I'a.

(113) It is another object of this invention to vary the spatial directivity characteristics from
the actual directivity pattern. This may be accomplished in a straightforward manner as in

beam forming methods.

(114) According to another aspect of the invention, the stored model of the sound field may
be selectively recalled to create a sound event that is substantially the same as, or a purposely

modified version of, the modeled and stored sound. As shown in Figure 3, for example, the
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created sound event may be implemented by defining a predetermined geometrical surface
(e.g., a spherical surface) and locating an array of loudspeakers over the geometrical surface.
The loudspeakers are preferably driven by a plurality of independent inputs in a manner to
cause a sound field of the created sound event to have desired parameters at an enclosing
surface (for example a spherical surface) that encloses (or partially encloses) the loudspeaker
array. In this way, the modeled sound field can be recreated with the same or similar
parameters (e.g., amplitude and directivity pattern) over an enclosing surface. Preferably, the
created sound event is produced using an explosion type sound source, i.e., the sound radiates

outwardly from the plurality of loudspeakers over 360° or some portion thereof.

(115) One advantage of the present invention is that, once a sound source has been modeled
for a plurality of sounds and a sound library has been established, the sound reproduction
equipment can be located where the sound source used to be to avoid the need for the sound

source, or to duplicate the sound source, synthetically as many times as desired.

(116) The present invention takes into consideration the magnitude and direction of an
original sound field over a spherical, or other surface, surrounding the original sound source.
A synthetic sound source (for example, an inner spherical speaker cluster) can then reproduce
the precise magnitude and direction of the original sound source at each of the individual
transducer locations. The integral of all of the transducer locations (or segments)
mathematically equates to a continuous function which can then determine the magnitude and
direction at any point along the surface, not just the points a which the transducers are

located.

(117) According to another embodiment of the invention, the accuracy of a reconstructed
sound field can be objectively determined by capturing and modeling the synthetic sound

event using the same capture apparatus configuration and process as used to capture the
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original sound event. The synthetic sound source model can then be juxtaposed with the
original sound source model to determine the precise differentials between the two models.
The accuracy of the sonic reproduction can be expressed as a function of the differential
measurements between the synthetic sound source model and the original sound source
model. According to an embodiment of the invention, comparison of an original sound event

model and a created sound event model may be performed using processor module 120.

(118) Alternatively, the synthetic sound source can be manipulated in a variety of ways to
alter the original sound field. For example, the sound projected from the synthetic sound
source can be rotated with respect to the original sound field without physically moving the
spherical speaker cluster. Additionally, the volume output of the synthetic source can be
increased beyond the natural volume output levels of the original sound source. Additionally,
the sound projected from the synthetic sound source can be narrowed or broadened by
changing the algorithms of the individually powered loudspeakers within the spherical
network of loudspeakers. Various other alterations or modifications of the sound source can

be implemented.

(119) By considering the original sound source to be a point source within an enclosing

surface I'a, simple processing can be performed to model and reproduce the sound.

(120) According to an embodiment, the sound capture occurs in an anechoic chamber or an
open air environment with support structures for mounting the encompassing transducers.

However, if other sound capture environments are used, known signal processing techniques
can be applied to compensate for room effects. However, with larger numbers of transducers,

the “compensating algorithms” can be somewhat more complex.
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(121) Once the playback system is designed based on given criteria, it can, from that point
forward, be modified for various purposes, including compensation for acoustical
deficiencies within the playback venue, personal preferences, macro/micro projections, and
other purposes. An example of macro/micro projection is designing a synthetic sound source
for various venue sizes. For example, a macro projection may be applicable when designing a
synthetic sound source for an outdoor amphitheater. A micro projection may be applicable for
an automobile venue. Amplitude extension is another example of macro/micro projection.
This may be applicable when designing a synthetic sound source to perform 10 or 20 times
the amplitude (loudness) of the original sound source. Additional purposes for modification
may be narrowing or broadening the beam of projected sound (i.e., 360° reduced to 180°,
etc.), altering the volume, pitch, or tone to interact more efficiently with the other individual

sound sources within the same sound field, or other purposes.

(122) The present invention takes into consideration the “directivity characteristics” of a
given sound source to be synthesized. Since different sound sources (e.g., musical
instruments) have different directivity patterns the enclosing surface and/or speaker
configurations for a given sound source can be tailored to that particular sound source. For
example, horns are very directional and therefore require much more directivity resolution
(smaller speakers spaced closer together throughout the outer surface of a portion of a sphere,
or other geometric configuration), while percussion instruments are much less directional and
therefore require less directivity resolution (larger speakers spaced further apart over the

surface of a portion of a sphere, or other geometric configuration).

(123) According to another embodiment of the invention, a computer usable medium having
computer readable program code embodied therein for an electronic competition may be

provided. For example, the computer usable medium may comprise a CD ROM, a floppy
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disk, a hard disk, or any other computer usable medium. One or more of the modules of
system 100 may comprise computer readable program code that is provided on the computer
usable medium such that when the computer usable medium is installed on a computer

system, those modules cause the computer system to perform the functions described.

(124) According to one embodiment, processor, module 120, storage module 130,
modification module 140, and driver module 150 may comprise computer readable code that,
when installed on a computer, perform the functions described above. Also, only some of the

modules may be provided in computer readable code.

(125)  According to one specific embodiment of the present invention, a system may
comprise components of a software system. The system may operate on a network and may
be connected to other systems sharing a common database. According to an embodiment of
the invention, multiple analog systems (e.g., cassette tapes) may operate in parallel to each
other to accomplish the objections and functions of the invention. Other hardware

arrangements may also be provided.

(126) In some embodiments of the invention, sound may be modeled and synthesized based
on an object oriented discretization of a sound volume starting from focal regions inside a
volumetric matrix and working outward to the perimeter of the volumetric matrix. An
inverse template may be applied for discretizing the perimeter area of the volumetric matrix

inward toward a focal region.

(127) In applying volumetric geometry to objectively define volumetric space and direction
parameters in terms of the placement of sources, the scale between sources and between room
size and source size, the attributes of a given volume or space, movement algorithms for

sources, etc., may be done using a variety of evaluation techniques. For example, a method
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of standardizing the volumetric modeling process may include applying a focal point
approach where a point of orientation is defined to be a “focal point” or “focal region” for a

given sound volume.

(128) According to various embodiments of the invention, focal point coordinates for any
volume may be computed from dimensional data for a given volume which may be measured
or assigned. FIG. 9A illustrates an exemplary embodiment of a focal point 910 located
amongst one or more micro objects 912 of a sound event. Since a volume may have a
common reference point, focal point 910 for example, everything else may be defined using a
three dimensional coordinate system with volume focal points serving as a common origin,
such as an exemplary coordinate system illustrated in FIG. 9B. Other methods for defining
volumetric parameters may be used as well, including a tetrahedral mesh illustrated in FIG.
9C, or other methods. Some or all of the volumetric computation may be performed via
computerized processing. Once a volume’s macro-micro relationships are determined based
on a common reference point (e.g. its focal point), scaling issues may be applied in an
objective manner. Data based aspects (e.g. content) can be captured (or defined) and routed

separately for rendering via a compound rendering engine.

(129) FIG. 10 illustrates an exemplary embodiment that may be implemented in
applications that occur in open space without full volumetric parameters (e.g. a concert in an
outdoor space), the missing volumetric parameters may be assigned based on sound
propagation laws or they may be reduced to minor roles since only ground reflections and
intraspace dynamics among sources may be factored into a volumetric equation in terms of
reflected sound and other ambient features. However even under these conditions a sound
event’s focal point 910 (used for scaling purposes among other things) may still be

determined by using area dimension and height dimension for an anticipated event location.
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(130) By establishing an area based focal point (i.e. focal point 910) with designated height
dimensions even outdoor events and other sound events not occurring in a structured volume

may be appropriately scaled and translated from reference models.

(131) Other embodiments, uses and advantages of the present invention will be apparent to
those skilled in the art from consideration of the specification and practice of the invention
disclosed herein. The specification and examples should be considered exemplary only. The

intended scope of the invention is only limited by the claims appended hereto.
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What is claimed is:

A method of producing a sound event within a volume, the sound event comprising
sounds from two or more user selectable sound objects, the method comprising:

obtaining at least a first sound objects and a second sound object;

specifying the volume for the sound event;

specifying, within the volume, positional inforsmation for at least the first and
second sound objects;

associating a first sound rendering device with the first sound object and
associating a second sound rendering device with the second sound object;

positioning the first sound rendering device at a location corresponding to the
positional information associated with the first sound object and positioning the
second sound rendering device at a location correspon ding to the positional
information associated with the second sound object; and

driving the first sound rendering device in accordance with the first sound
object and driving the second sound rendering device in accordance with the second

sound object.
The method of claim 1, wherein driving the first and s econd sound rendering devices
comprises independently controlling each of the first and second sound rendering

devices.

The method of claim 3, wherein each of the first and second sound rendering devices

are controlled relative to each other.
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The method of claim 3, wherein controlling the first and second sound rendering
devices comprises controlling at least one of a directivity, a tonal characteristic, an
amplitude, a position, or a rotational orientation of one or both of the first and second

sound rendering devices.

The method of claim 3, wherein independently controlling each of thie first and second
sound rendering devices comprises independently controlling segments within one or

more of the first and second sound rendering devices.

The method of claim 6, wherein independently controlling segments within one or
more of the first and second sound rendering devices comprises inde pendently
controlling nodes within one or more of the segments that are independently

controlled.

The method of claim 1, further comprising:

obtaining a third sound object;

specifying, within the volume, positional information for the third sound
object;

grouping the second sound object and the third sound object into a first macro
sound object; and

associating the third sound object with the second sound rendering device,

wherein driving the second sound rendering device comprises driving the

second sound rendering device in accordance with the second and third sound objects.

The method of claim 1, further comprising:
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obtaining a third sound object;

specifying, within the volume, positional information for the third sound
object;

grouping the second sound object and the third sound object into a first macro
sound object;

positioning the third sound rendering device at a location corresponding to the
positional information associated with the third sound object; and

driving the third sound rendering device in accordance with the third sound

object.

The method of claim 8, wherein driving the second and third sound rendering devices
comprises controlling the second and third sound rendering devices, which are
associated with the first macro sound object, independently from the first sound

rendering device.
The method of claim 9, wherein controlling the second and third sound rendering
devices comprises independently from the first sound rendering device comprises

controlling the second and third sound rendering devices in a coordinated manner.

The method of claim 7, wherein the second sound rendering device is a virtual sound

rendering device.

The method of claim 8, wherein one or both of the second and third sound rendering

devices are physical sound rendering devices.
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13.

14.

15.

16.

The method of claim 1, wherein the obtained sound objects are associated with the
sound rendering devices based on at least one of a user selection, positional

information for the sound objects, or a sonic characteristic.

The method of claim 8, further comprising:

obtaining a fourth sound object;

specifying, within the volume, positional information for the fourth sound
object;

grouping the first sound object and the fourth sound object into a second
macro sound object; and

associating the fourth sound object with the first sound rendering device,

wherein driving the first sound rendering device comprises driving the first

sound rendering device in accordance with the first and fourth sound objects.

The method of claim 16, wherein the sound objects are grouped into the first macro
sound object and the second macro sound object based on at least one of a user

selection, positional information for the sound objects, or a sonic characteristic.

The method of claim 16, wherein the second and third sound rendering devices, which
are associated with the first macro sound object, are physical sound rendering devices
and the first sound rendering devices, associated with the second macro object, is a
virtual sound rendering device, and wherein the sound objects are grouped into the
first macro sound object and the second macro sound object based on at least one of a

user selection, positional information for the sound objects, or a sonic characteristic.
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17.

18.

19.

20.

21.

22,

23.

24,

The method of claim 1, wherein obtaining the first and second sound objects
comprises obtaining information related to at least one of a sonic characteristic, a
sound content, or sound conditioning information of the first and second sound

objects.

The method of claim 17, wherein a sonic characteristic comprises at least one of a

directivity pattern, an amplitude, a frequency range, a phase, or a timbre,

The method of claim 1, wherein the sound rendering devices comprise a speaker.

The method of claim 22, wherein the speaker comprises a single element speaker, a
multiple element speaker, a speaker array, a spherical speaker, a scalable speaker, an

explosion speaker, or an implosion speaker.

The method of claim 1, wherein the sound rendering devices comprise an amplifier.

The method of claim 24, wherein the amplifier comprises at least one of a stand alone

amplifier or an integrated amplifier.

The method of claim 1, wherein the positional information for the first sound object
comprises information regarding movement of one of the sound sources during the

sound event.

The method of claim 23, wherein the first sound rendering device comprises a

plurality of spatially separate loudspeaker arrangements, and wherein driving the first
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25,

26.

27.

sound rendering device comprises driving a plurality of spatially separate loudspeaker

arrangements to reproduce the movement of the moving sound source.

The method of claim 23, wherein driving the first sound rendering device comprises
moving the first sound rendering device to reproduce the movement of the moving

sound source.

The method of claim 1, wherein each of the sound objects corresponds to a separate

musical instrument.

A user interface that enables a user to control one or more sound rendering devices to
generate a sound event in which one or more sound objects produce sound, the user
interface comprising:

object information presentation means for presenting object information that
corresponds to the sound objects, wherein the object information includes associations
between the sound objects and the rendering devices, and meta data that corresponds
to the sound objects;

object information modification means for enabling the user to modify at least
some of the object information that corresponds to each sound object separately from
object information that corresponds to the other sound objects;

rendering device information presentation means for presenting rendering
device information associated with the sound objects, wherein the rendering device
information includes meta data that corresponds to the rendering devices, and

operational information that correspdnds to the rendering devices; and
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28.

29.

30.

31.

32.

33,

rendering device information modification means for enabling the user to
modify at least some of the rendering device information that corresponds to each
rendering device separately from rendering device information that corresponds to the

other rendering devices.

The user interface of claim 27, wherein the meta data that corresponds to each of the
sound objects includes one or more of a directivity pattern, a sonic characteristic, a

musical instrument type, or positional information.

The user interface of claim 28, wherein a sonic characteristic includes at least one of

an amplitude, a frequency range, a phase, or a timbre.

The user interface of claim 28, wherein positional information includes a location, a

velocity, an acceleration, or a rotational orientation.
The user interface of claim 27, wherein the meta data that corresponds to each of the
rendering devices includes one or more of a directivity pattern, a sonic characteristic,

or positional information.

The user interface of claim 31, wherein a sonic characteristic includes at least one of

an amplitude, a frequency range, a phase, or a timbre.

The user interface of claim 31, wherein positional information includes a location, a

velocity, an acceleration, or a rotational orientation.
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34.

35.

36.

37.

The user interface of claim 27, wherein the object information for each sound object
includes macro grouping information that relates to the grouping of selected ones of

the sound objects into one or more macro sound objects.

The user interface of claim 34, further comprising macro grouping modification
means for modifying the macro grouping information, wherein modifying the macro
grouping information enables the user to independently control one of the macro
sound objects independently from the sound objects not grouped in the controlled

macro sound object.

The user interface of claim 35, wherein independently controlling one of the macro
sound objects includes controlling object information that corresponds to the sound

objects grouped into the controlled macro sound object in a coordinated manner.

The user interface of claim 35, wherein independently controlling one of the macro
sound objects includes controlling rendering device information that corresponds to
the rendering devices associated with the sound objects grouped into the controlled

macro sound object in a coordinated manner.
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