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Description

BACKGROUND

[0001] Existing audio distribution systems, such as stereo and surround sound, are based on an inflexible paradigm
implementing a fixed number of channels from the point of production to the playback environment. Throughout the
entire audio chain, there has traditionally been a one-to-one correspondence between the number of channels created
and the number of channels physically transmitted or recorded. In some cases, the number of available channels is
reduced through a process known as mix-down to accommodate playback configurations with fewer reproduction chan-
nels than the number provided in the transmission stream. Common examples of mix-down are mixing stereo to mono
for reproduction over a single speaker and mixing multi-channel surround sound to stereo for two-speaker playback.
[0002] Audio distribution systems are also unsuited for 3D video applications because they are incapable of rendering
sound accurately in three-dimensional space. These systems are limited by the number and position of speakers and
by the fact that psychoacoustic principles are generally ignored. As a result, even the most elaborate sound systems
create merely a rough simulation of an acoustic space, which does not approximate a true 3D or multi-dimensional
presentation.
[0003] Document EP 1 650 973 A1 discloses the streaming of multimedia content by assigning network priorities to
data packets and dropping data packets of lower priority according to network resources.

SUMMARY

[0004] Systems and methods for providing object-oriented audio are described. Audio objects are created by associ-
ating sound sources with attributes of those sound sources, such as location, velocity, directivity, and the like. In an
embodiment, audio objects can be used in place of or in addition to channels to distribute sound, for example, by
streaming the audio objects over a network to a client device. The objects can define their locations in space with
associated two or three dimensional coordinates. The objects are adaptively streamed to the client device based on
available network or client device resources. A renderer on the client device can use the attributes of the objects to
determine how to render the objects. The renderer can further adapt the playback of the objects based on information
about a rendering environment of the client device. Various examples of audio object creation techniques are also
described.
[0005] In certain embodiments, a method of adapting transmission of an object-oriented audio stream according to
claim 8 is described.
[0006] In certain embodiments, a system for adapting transmission of an object-oriented audio stream according to
claim 1 is described.
[0007] For purposes of summarizing the disclosure, certain aspects, advantages and novel features of the inventions
have been described herein. It is to be understood that not necessarily all such advantages can be achieved in accordance
with any particular embodiment of the inventions disclosed herein. Thus, the inventions disclosed herein can be embodied
or carried out in a manner that achieves or optimizes one advantage or group of advantages as taught herein without
necessarily achieving other advantages as can be taught or suggested herein.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008] Throughout the drawings, reference numbers are re-used to indicate correspondence between referenced
elements. The drawings are provided to illustrate embodiments of the inventions described herein and not to limit the
scope thereof.

FIGURES 1A and 1B illustrate embodiments of object-oriented audio systems;
FIGURE 2 illustrates another embodiment of an object-oriented audio system;
FIGURE 3 illustrates an embodiment of a streaming module for use in any of the object-oriented audio systems
described herein;
FIGURE 4 illustrates an embodiment of an object-oriented audio streaming format;
FIGURES 5A illustrates an embodiment of an audio stream assembly process;
FIGURES 5B illustrates an embodiment of an audio stream rendering process;
FIGURE 6 illustrates an embodiment of an adaptive audio object streaming system;
FIGURE 7 illustrates an embodiment of an adaptive audio object streaming process;
FIGURE 8 illustrates an embodiment of an adaptive audio object rendering process;
FIGURE 9 illustrates an example scene for object-oriented audio capture;
FIGURE 10 illustrates an embodiment of a system for object-oriented audio capture; and
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FIGURE 11 illustrates an embodiment of a process for object-oriented audio capture.

DETAILED DESCRIPTION

I. Introduction

[0009] In addition to the problems with existing systems described above, audio distribution systems do not adequately
take into account the playback environment of the listener. Instead, audio systems are designed to deliver the specified
number of channels to the final listening environment without any compensation for the environment, listener preferences,
or the implementation of psychoacoustic principles. These functions and capabilities are traditionally left to the system
integrator.
[0010] This disclosure describes systems and methods for streaming object-oriented audio that address at least some
of these problems. In certain embodiments, audio objects are created by associating sound sources with attributes of
those sound sources, such as location, velocity, directivity, and the like. Audio objects can be used in place of or in
addition to channels to distribute sound, for example, by streaming the audio objects over a network to a client device.
In certain embodiments, these objects are not related to channels or panned positions between channels, but rather
define their locations in space with associated two or three dimensional coordinates. A renderer on the client device can
use the attributes of the objects to determine how to render the objects.
[0011] The renderer can also account for the renderer’s environment in certain embodiments by adapting the rendering
and/or streaming based on available computing resources. Similarly, streaming of the audio objects can be adapted
based on network conditions, such as available bandwidth. Various examples of audio object creation techniques are
also described. Advantageously, the systems and methods described herein can reduce or overcome the drawbacks
associated with the rigid audio channel distribution model.
[0012] By way of overview, FIGURES 1A and 1B introduce embodiments of object-oriented audio systems. Later
Figures describe techniques that can be implemented by these object-oriented audio systems. For example, FIGURES
2 through 5B describe various example techniques for streaming object-oriented audio. FIGURES 6 through 8 describe
example techniques for adaptively streaming and rendering object-oriented audio based on environment and network
conditions. FIGURES 9 through 11 describe example audio object creation techniques.
[0013] As used herein, the term "streaming" and its derivatives, in addition to having their ordinary meaning, can mean
distribution of content from one computing system (such as a server) to another computing system (such as a client).
The term "streaming" and its derivatives can also refer to distributing content through peer-to-peer networks using any
of a variety of protocols, including BitTorrent and related protocols.

II. Object-Oriented Audio System Overview

[0014] FIGURES 1A and 1B illustrate embodiments of object-oriented audio systems 100A, 100B. The object-oriented
audio systems 100A, 100B can be implemented in computer hardware and/or software. Advantageously, in certain
embodiments, the object-oriented audio systems 100A, 100B can enable content creators to create audio objects, stream
such objects, and render the objects without being bound to the fixed channel model.
[0015] Referring specifically to FIGURE 1A, the object-oriented audio system 100A includes an audio object creation
system 110A, a streaming module 122A implemented in a content server 120A, and a renderer 142A implemented in
a user system 140. The audio object creation system 110A can provide functionality for users to create and modify audio
objects. The streaming module 122A, shown installed on a content server 120A, can be used to stream audio objects
to a user system 140 over a network 130. The network 130 can include a LAN, a WAN, the Internet, or combinations of
the same. The renderer 142A on the user system 140 can render the audio objects for output to one or more loudspeakers.
[0016] In the depicted embodiment, the audio object creation system 110A includes an object creation module 114
and an object-oriented encoder 112A. The object creation module 114 can provide functionality for creating objects, for
example, by associating audio data with attributes of the audio data. Any type of audio can be used to generate an audio
object. Some examples of audio that can be generated into objects and streamed can include audio associated with
movies, television, movie trailers, music, music videos, other online videos, video games, and the like.
[0017] Initially, audio data can be recorded or otherwise obtained. The object creation module 114 can provide a user
interface that enables a user to access, edit, or otherwise manipulate the audio data. The audio data can represent a
sound source or a collection of sound sources. Some examples of sound sources include dialog, background music,
and sounds generated by any item (such as a car, an airplane, or any prop). More generally, a sound source can be
any audio clip.
[0018] Sound sources can have one or more attributes that the object creation module 114 can associate with the
audio data to create an object. Examples of attributes include a location of the sound source, a velocity of a sound
source, directivity of a sound source, and the like. Some attributes may be obtained directly from the audio data, such
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as a time attribute reflecting a time when the audio data was recorded. Other attributes can be supplied by a user to the
object creation module 114, such as the type of sound source that generated the audio (e.g., a car versus an actor).
Still other attributes can be automatically imported by the object creation module 114 from other devices. As an example,
the location of a sound source can be retrieved from a Global Positioning System (GPS) device or the like and imported
into the object creation module 114. Additional examples of attributes and techniques for identifying attributes are
described in greater detail below. The object creation module 114 can store the audio objects in an object data repository
116, which can include a database or other data storage.
[0019] The object-oriented encoder 112A can encode one or more audio objects into an audio stream suitable for
transmission over a network. In one embodiment, the object-oriented encoder 112A encodes the audio objects as
uncompressed PCM (pulse code modulated) audio together with associated attribute metadata. In another embodiment,
the object-oriented encoder 112A also applies compression to the objects when creating the stream.
[0020] Advantageously, in certain embodiments, the audio stream generated by the object-oriented encoder can
include at least one object represented by a metadata header and an audio payload. The audio stream can be composed
of frames, which can each include object metadata headers and audio payloads. Some objects may include metadata
only and no audio payload. Other objects may include an audio payload but little or no metadata. Examples of such
objects are described in detail below.
[0021] The audio object creation system 110A can supply the encoded audio objects to the content server 120A over
a network (not shown). The content server 120A can host the encoded audio objects for later transmission. The content
server 120A can include one or more machines, such as physical computing devices. The content server 120A can be
accessible to user systems over the network 130. For instance, the content server 120A can be a web server, an edge
node in a content delivery network (CDN), or the like.
[0022] The user system 140 can access the content server 120A to request audio content. In response to receiving
such a request, the content server 120A can stream, upload, or otherwise transmit the audio content to the user system
140. Any form of computing device can access the audio content. For example, the user system 140 can be a desktop,
laptop, tablet, personal digital assistant (PDA), television, wireless handheld device (such as a phone), or the like.
[0023] The renderer 142A on the user system 140 can decode the encoded audio objects and render the audio objects
for output to one or more loudspeakers. The renderer 142A can include a variety of different rendering features, audio
enhancements, psychoacoustic enhancements, and the like for rending the audio objects. The renderer 142A can use
the object attributes of the audio objects as cues on how to render the audio objects.
[0024] Referring to FIGURE 1B, the object-oriented audio system 100B includes many of the features of the system
100A, such as an audio object creation system 110B, a content server 120B, and a user system 140. The functionality
of the components shown can be the same as that described above, with certain differences noted herein. For instance,
in the depicted embodiment, the content server 120B includes an adaptive streaming module 122B that can dynamically
adapt the amount of object data streamed to the user system 140. Likewise, the user system 140 includes an adaptive
renderer 142B that can adapt audio streaming and/or the way objects are rendered by the user system 140.
[0025] As can be seen from FIGURE 1B, the object-oriented encoder 112B has been moved from the audio object
creation system 110B to the content server 120B. In the depicted embodiment, the audio object creation system 110B
uploads audio objects instead of audio streams to the content server 120B. An adaptive streaming module 122B on the
content server 120B includes the object-oriented encoder 112B. Encoding of audio objects is therefore performed on
the content server 120B in the depicted embodiment. Alternatively, the audio object creation system 110B can stream
encoded objects to the adaptive streaming module 122B, which decodes the audio objects for further manipulation and
later re-encoding.
[0026] By encoding objects on the content server 120B, the adaptive streaming module 122B can dynamically adapt
the way objects are encoded prior to streaming. The adaptive streaming module 122B can monitor available network
130 resources, such as network bandwidth, latency, and so forth. Based on the available network resources, the adaptive
streaming module 122B can encode more or fewer audio objects into the audio stream. For instance, as network resources
become more available, the adaptive streaming module 122B can encode relatively more audio objects into the audio
stream, and vice versa.
[0027] The adaptive streaming module 122B can also adjust the types of objects encoded into the audio stream, rather
(or in addition to) than the number. For example, the adaptive streaming module 122B can encode higher priority objects
(such as dialog) but not lower priority objects (such as certain background sounds) when network resources are con-
strained. The concept of adapting streaming based on object priority is described in greater detail below.
[0028] The adaptive renderer 142B can also affect how audio objects are streamed to the user system 140. For
example, the adaptive renderer 142B can communicate with the adaptive streaming module 122B to control the amount
and/or type of audio objects streamed to the user system 140. The adaptive renderer 142B can also adjust the way
audio streams are rendered based on the playback environment. For example, a large theater may specify the location
and capabilities of many tens or hundreds of amplifiers and speakers while a self-contained TV may specify that only
two amplifier channels and speakers are available. Based on this information, the systems 100A, 100B can optimize
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the acoustic field presentation. Many different types of rendering features in the systems 100A, 100B can be applied
depending on the reproducing resources and environment, as the incoming audio stream can be descriptive and not
dependant on the physical characteristics of the playback environment. These and other features of the adaptive renderer
142B are described in greater detail below.
[0029] In some embodiments, the adaptive features described herein can be implemented even if an object-oriented
encoder (such as the encoder 112A) sends an encoded stream to the adaptive streaming module 122B. Instead of
assembling a new audio stream on the fly, the adaptive streaming module 122B can remove objects from or otherwise
filter the audio stream when computing resources or network resources become less available. For example, the adaptive
streaming module 122B can remove packets from the stream corresponding to objects that are relatively less important
to render. Techniques for assigning importance to objects for streaming and/or rendering are described in greater detail
below.
[0030] As can be seen from the above embodiments, the disclosed systems 100A, 100B for audio distribution and
playback can encompass the entire chain from initial production of audio content to the perceptual system of the listener(s).
The systems 100A, 100B can be scalable and future proof in that conceptual improvements in the transmission/storage
or multi-dimensional rendering system can easily be incorporated. The systems 100A, 100B can also easily scale from
large format theater based presentations to home theater configurations and self contained TV audio systems.
[0031] In contrast with existing physical channel based systems, the systems 100A, 100B can abstract the production
of audio content to a series of audio objects that provide information about the structure of a scene as well as individual
components within a scene. The information associated with each object can be used by the systems 100A, 100B to
create the most accurate representation of the information provided, given the resources available. These resources
can be specified as an additional input to the systems 100A, 100B.
[0032] In addition to using physical speakers and amplifiers, the systems 100A, 100B may also incorporate psycho-
acoustic processing to enhance listener immersion in the acoustic environment as well as to implement positioning of
3D objects that correspond accurately to their position in the visual field. This processing can also be defined to the
systems 100A, 100B (e.g., to the renderer 142) as a resource available to enhance or otherwise optimize the presentation
of the audio object information contained in the transmission stream.
[0033] The stream is designed to be extensible so that additional information could be added at any time. The renderer
142A, 142B could be generic or designed to support a particular environment and resource mix. Future improvements
and new concepts in audio reproduction could be incorporated at will and the same descriptive information contained
in the transmission/storage stream utilized with potentially more accurate rendering. The system 100A, 100B is abstracted
to the level that any future physical or conceptual improvements can easily be incorporated at any point within the system
100A, 100B while maintaining compatibility with previous content and rendering systems. Unlike current systems, the
system 100A, 100B are flexible and adaptable.
[0034] For ease of illustration, this specification primarily describes object-oriented audio techniques in the context of
streaming audio over a network. However, object-oriented audio techniques can also be implemented in non-network
environments. For instance, an object-oriented audio stream can be stored on a computer-readable storage medium,
such as a DVD disk, Blue-ray Disk, or the like. A media player (such as a Blue-ray player) can play back the object-
oriented audio stream stored on the disk. An object-oriented audio package can also be downloaded to local storage
on a user system and then played back from the local storage. Many other variations are possible.
[0035] It should be appreciated that the functionality of certain components described with respect to FIGURES 1A
and 1B can be combined, modified, or omitted. For example, in one implementation, the audio object creation system
110 can be implemented on the content server 120. Audio streams could be streamed directly from the audio object
creation system 110 to the user system 140. Many other configurations are possible.

III. Audio Object Streaming Embodiments

[0036] More detailed embodiments of audio object streams will now be described with respect to FIGURES 2 through
5B. Referring to FIGURE 2, another embodiment of an object-oriented audio system 200 is shown. The system 200 can
implement any of the features of the systems 100A, 100B described above. The system 200 can generate an object-
oriented audio stream that can be decoded, rendered, and output by one or more speakers.
[0037] In the system 200, audio objects 202 are provided to an object-oriented encoder 212. The object-oriented
encoder 212 can be implemented by an audio content creation system or a streaming module on a content server, as
described above. The object-oriented encoder 212 can encode and/or compress the audio objects into a bit stream 214.
The object-oriented encoder 212 can use any codec or compression technique to encode the objects, including com-
pression techniques based on any of the Moving Picture Experts Group (MPEG) standards (e.g., to create MP3 files).
[0038] In certain embodiments, the object-oriented encoder 212 creates a single bit stream 214 having metadata
headers and audio payloads for different audio objects. The object-oriented encoder 212 can transmit the bit stream
214 over a network (see, e.g., FIGURE 1B). A decoder 220 implemented on a user system can receive the bit stream
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214. The decoder 220 can decode the bit stream 214 into its constituent audio objects 202. The decoder 220 provides
the audio objects 202 to a renderer 242. In some embodiments, the renderer 242 can directly implement the functionality
of the decoder 220.
[0039] The renderer 242 can render the audio objects into audio signals 244 suitable for playback on one or more
speakers 250. As described above, the renderer 142A can use the object attributes of the audio objects as cues on how
to render the audio objects. Advantageously, in certain embodiments, because the audio objects include such attributes,
the functionality of the renderer 142A can be changed without changing the format of the audio objects. For example,
one type of renderer 142A might use a position attribute of an audio object to pan the audio from one speaker to another.
A second renderer 142A might use the same position attribute to perform 3D psychoacoustic filtering to the audio object
in response to determining that a psychoacoustic enhancement is available to the renderer 142A. In general, the renderer
142A can take into account some or all resources available to create the best possible presentation. As rendering
technology improves, additional renders 142A or rendering resources can be added to the user system 140 that take
advantage of the preexisting format of the audio objects.
[0040] As described above, the object-oriented encoder 212 and/or the renderer 242 can also have adaptive features.
[0041] FIGURE 3 illustrates an embodiment of a streaming module 322 for use with any of the object-oriented audio
systems described herein. The streaming module 322 includes an object-oriented encoder 312. The streaming module
322 and encoder 312 can be implemented in hardware and/or software. The depicted embodiment illustrates how
different types of audio objects can be encoded into a single bit stream 314.
[0042] The example streaming module 322 shown receives two different types of objects-static objects 302 and dynamic
objects 304. Static objects 302 can represent channels of audio, such as 5.1 channel surround sound. Each channel
can be represented as a static object 302. Some content creators may wish to use channels instead of or in addition to
the object-based functionality of the systems 100A, 100B. Static objects 302 provide a way for these content creators
to use channels, facilitating backwards compatibility with existing fixed channel systems and promoting ease of adoption.
[0043] Dynamic objects 304 can include any objects that can be used instead of or in addition to the static objects
302. Dynamic objects 304 can include enhancements that, when rendered together with static objects 302, enhance
the audio associated with the static objects 302. For example, the dynamic objects 304 can include psychoacoustic
information that a renderer can use to enhance the static objects 302. The dynamic objects 304 can also include
background objects (such as a passing airplane) that a renderer can use to enhance an audio scene. Dynamic objects
304 need not be background objects, however. The dynamic objects 304 can include dialog or any other audio data.
[0044] The metadata associated with static objects 302 can be little or nonexistent. In one embodiment, this metadata
simply includes the object attribute of "channel," indicating to which channel the static objects 302 correspond. As this
metadata does not change in some implementations, the static objects 302 are therefore static in their object attributes.
In contrast, the dynamic objects 304 can include changing object attributes, such as changing position, velocity, and so
forth. Thus, the metadata associated with these objects 304 can be dynamic. In some circumstances, however, the
metadata associated with static objects 302 can change over time, while the metadata associated with dynamic objects
304 can stay the same.
[0045] Further, as mentioned above, some dynamic objects 304 can contain little or no audio payload. Environment
objects 304, for example, can specify the desired characteristics of the acoustic environment in which a scene takes
place. These dynamic objects 304 can include information on the type of building or outdoor area where the audio scene
occurs, such as a room, office, cathedral, stadium, or the like. A renderer can use this information to adjust playback of
the audio in the static objects 302, for example, by applying an appropriate amount of reverberation or delay corresponding
to the indicated environment. Environmental dynamic objects 304 can also include an audio payload in some implemen-
tations. Some examples of environment objects are described below with respect to FIGURE 4.
[0046] Another type of object that can include metadata but little or no payload is an audio definition object. In one
embodiment, a user system can include a library of audio clips or sounds that can be rendered by the renderer upon
receipt of audio definition objects. An audio definition object can include a reference to an audio clip or sound stored on
the user system, along with instructions for how long to play the clip, whether to loop the clip, and so forth. An audio
stream can be constructed partly or even solely from audio definition objects, with some or all of the actual audio data
being stored on the user system (or accessible from another server). In another embodiment, the streaming module 322
can send a plurality of audio definition objects to a user system, followed by a plurality of audio payload objects, separating
the metadata and the actual audio. Many other configurations are possible.
[0047] Content creators can declare static objects 302 or dynamic objects 304 using a descriptive computer language
(using, e.g., the audio object creation system 110). When creating audio content to be later streamed, a content creator
can declare a desired number of static objects 302. For example, a content creator can request that a dialog static object
302 (e.g., corresponding to a center channel) or any other number of static objects 302 be always on. This "always on"
property can also make the static objects 302 static. In contrast, the dynamic objects 304 may come and go and not
always be present in the audio stream. Of course, these features may be reversed. It may be desirable to gate or
otherwise toggle static objects 302, for instance. When dialog is not present in a given static object 302, for example,
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not including that static object 302 in an audio stream can save computing and network resources.
[0048] FIGURE 4 illustrates an embodiment of an object-oriented audio streaming format 400. The audio streaming
format includes a bit stream 414, which can correspond to any of the bit streams described above. The format 400 of
the bit stream 414 is broken down into successively more detailed views (420, 430). The bit stream format 400 shown
is merely an example embodiment and can be varied depending on the implementation.
[0049] In the depicted embodiment, the bit stream 414 includes a stream header 412 and macro frames 420. The
stream header 412 can occur at the beginning or end of the bit stream 414. Some examples of information that can be
included in the stream header 412 include an author of the stream, an origin of the stream, copyright information, a
timestamp related to creation and/or delivery of the stream, length of the stream, information regarding which codec
was used to encode the stream, and the like. The stream header 412 can be used by a decoder and/or renderer to
properly decode the stream 414.
[0050] The macro frames 420 divide the bit stream 414 into sections of data. Each macro frame 420 can correspond
to an audio scene or a time slice of audio. Each macro frame 420 further includes a macro frame header 422 and
individual frames 430. The macro frame header 422 can define a number of audio objects included in the macro frame,
a time stamp corresponding to the macro frame 420, and so on. In some implementations, the macro frame header 422
can be placed after the frames 430 in the macro frame 420. The individual frames 430 can each represent a single audio
object. However, the frames 430 can also represent multiple audio objects in some implementations. In one embodiment,
a renderer receives an entire macro frame 420 before rendering the audio objects associated with the macro frame 420.
[0051] Each frame 430 includes a frame header 432 containing object metadata and an audio payload 434. In some
implementations, the frame header 432 can be placed after the audio payload 434. However, as discussed above, some
audio objects may have either only metadata 432 or only an audio payload 434. Thus, some frames 432 may include a
frame header 432 with little or no object metadata (or no header at all), and some frames 432 may include little or no
audio payload 434.
[0052] The object metadata in the frame header 432 can include information on object attributes. The following Tables
illustrate examples of metadata that can be used to define object attributes. In particular, Table 1 illustrates various
object attributes, organized by an attribute name and attribute description. Fewer or more than the attributes shown may
be implemented in some designs.

Table 1 - Example Object Attributes

ATTRIBUTE NAME ATTRIBUTE DESCRIPTION

ENABLE_PROCESS Enable/Disable all processes, applies to all sources.

ENABLE_3D_POSITION Enable/Disable the 3D Position process.

SRC_X Modify the sound source’s X axis position. This is relative to the listener and/or the 
camera.

SRC_Y Modify the sound source’s Y axis position. This is relative to the listener and/or the 
camera.

SRC_Z Modify the sound source’s Z axis position. This is relative to the listener and/or the 
camera.

ENABLE_DOPPLER Enable/Disable the Doppler process.

DOPPLER_FACT Permits scaling/exaggerating the Doppler pitch effect.

SRC_VEL_X Modify the sound source’s velocity in the X axis direction.

SRC_VEL_Y Modify the sound source’s velocity in the Y axis direction.

SRC_VEL_Z Modify the sound source’s velocity in the Z axis direction.

ENABLE_DISTANCE Enable/Disable the Distance Attenuation process.

MINIMUM_DIST The distance from the listener at which distance attenuation begins attenuate the signal.

MAXIMUM_DIST This distance from the listener at which distance attenuation no longer attenuates the 
signal.

SILENCE_AFT_MAX Silence the signal after reaching the maximum distance.

ROLLOFF_FACT The rate at which the source signal level decays as a function of distance from the listener.
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(continued)

ATTRIBUTE NAME ATTRIBUTE DESCRIPTION

LISTENER_RELATIVE Sets whether or not the source position is relative to listener, rather than absolute or to 
the camera.

LISTENER_X The position of the listener along the X-axis.

LISTENER_Y The position of the listener along the Y-axis.

LISTENER_Z The position of the listener along the Z-axis.

LISTENER_VEL_X The velocity of the listener along the X-axis.

LISTENER_VEL_Y The velocity of the listener along the Y-axis.

LISTENER_VEL_Z The velocity of the listener along the Z-axis.

ENABLE_
ORIENTATION

Enable/Disable the listener orientation manager (this applies to all sources).

LISTENER_ABOVE_X The X-axis orientation vector above the listener.

LISTENER_ABOVE_Y The Y-axis orientation vector above the listener.

LISTENER_ABOVE_Z The Z-axis orientation vector above the listener.

LISTENER_FRONT_X The X-axis orientation vector in front of the listener.

LISTENER_FRONT_Y The Y-axis orientation vector in front of the listener.

LISTENER_FRONT_Z The Z-axis orientation vector in front of the listener.

ENABLE_
MACROSCOPIC

Enables or disables use of the Macroscopic specification of an object.

MACROSCOPIC_X Specifies the x dimension size of sound emission.

MACROSCOPIC_Y Specifies the y dimension size of sound emission.

MACROSCOPIC_Z Specifies the z dimension size of sound emission.

ENABLE_SRC_ORIENT Enables or disables the use of orientation on a source.

SRC_FRONT_X The X-axis orientation vector in front of the sound object

SRC_FRONT_Y The Y-axis orientation vector in front of the sound object

SRC_FRONT_Z The Z-axis orientation vector in front of the sound object

SRC_ABOVE_X The X-axis orientation vector above the sound object.

SRC_ABOVE_Y The Y-axis orientation vector above the sound object.

SRC_ABOVE_Z The Z-axis orientation vector above the sound object.

ENABLE_DIRECTIVITY Enables or disables the directivity process.

DIRECTIVITY_MIN_
ANGLE

Sets the minimum angle, normalized to 360°, for directivity attenuation. The angle is 
centered at about the source’s front orientation creating a cone.

DIRECTIVITY_MAX_
ANGLE

Sets the maximum angle, normalized to 360°, for directivity attenuation.

DIRECTIVITY_REAR_
LEVEL

Attenuates the signal by the specified fractional amount of full-scale.

ENABLE_
OBSTRUCTION

Enables or disables the obstruction process.

OBSTRUCT_PRESET A preset HF Level / Level setting (see Table 2 below).

REVERB_ENABLE_
PROCSS

Enables/Disable the reverb process (affects all sources)
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[0053] Example values for the OBSTRUCT_PRESET (obstruction preset) listed in Table 1 are shown below in Table
2. The obstruction preset value can affect a degree to which a sound source is occluded or blocked from the camera or
listener’s point of view. Thus, for example, a sound source emanating from behind a thick door can be rendered differently
than a sound source emanating from behind a curtain. As discussed above, a renderer can perform any desired rendering
technique (or none at all) based on the values of these and other object attributes.

[0054] Like the obstruction preset (sometimes referred to as occlusion), the REVERB_PRESET (reverberation preset)
can include example values as shown in Table 3. These reverberation values correspond to types of environments in
which a sound source may be located. Thus, a sound source emanating in an auditorium might be rendered differently
than a sound source emanating in a living room. In one embodiment, an environment object includes a reverberation
attribute that includes preset values such as those described below.

(continued)

ATTRIBUTE NAME ATTRIBUTE DESCRIPTION

REVERB_DECAY Selects the time for the reverberant signal to decay by 60dB (overall process).

REVERB_MIX Specifies the amount of original signal to processed signal to use.

REVERB_PRESET Selects a predefined reverb configuration based on an environment. This may modify 
the decay time when changed. Several predefined presets are available (see Table 3 
below).

Table 2 - Example Obstruction Presets

Obstruction Preset Type

1 Single Door

2 Double Door

3 Thin Door

4 Thick Door

5 Wood Wall

6 Brick Wall

7 Stone Wall

8 Curtain

Table 3 - Example Reverberation Presets

Reverb Preset Type

1 Alley

2 Arena

3 Auditorium

4 Bathroom

5 Cave

6 Chamber

7 City

8 Concert Hall

9 Forest

10 Hallway

11 Hangar

12 Large Room
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[0055] In some embodiments, environment objects are not merely described using the reverberation presets described
above. Instead, environment objects can be described with one or more attributes such as an amount of reverberation
(that need not be a preset), an amount of echo, a degree of background noise, and so forth. Many other configurations
are possible. Similarly, attributes of audio objects can generally have forms other than values. For example, an attribute
can contain a snippet of code or instructions that define a behavior or characteristic of a sound source.
[0056] FIGURES 5A illustrates an embodiment of an audio stream assembly process 500A. The audio stream assembly
process 500A can be implemented by any of the systems described herein. For example, the stream assembly process
500A can be implemented by any of the object-oriented encoders or streaming modules described above. The stream
assembly process 500A assembles an audio stream from at least one audio object.
[0057] At block 502, an audio object is selected to stream. The audio object may have been created by the audio
object creation module 110 described above. As such, selecting the audio object can include accessing the audio object
in the object data repository 116. Alternatively, the streaming module 122 can access the audio object from computer
storage. For ease of illustration, this example FIGURE describes streaming a single object, but it should be understood
that multiple objects can be streamed in an audio stream. The object selected can be a static or dynamic object. In this
particular example, the selected object has metadata and an audio payload.
[0058] An object header having metadata of the object is assembled at block 504. This metadata can include any
description of object attributes, some examples of which are described above. At block 506, an audio payload having
the audio signal data of the object is provided.
[0059] The object header and the audio payload are combined to form the audio stream at block 508. Forming the
audio stream can include encoding the audio stream, compressing the audio stream, and the like. At block 510, the
audio stream is transmitted over a network. While the audio stream can be streamed using any streaming technique,
the audio stream can also be uploaded to a user system (or conversely, downloaded by the user system). Thereafter,
the audio stream can be rendered by the user system, as described below with respect to FIGURE 5B.
[0060] FIGURES 5B illustrates an embodiment of an audio stream rendering process 500B. The audio stream rendering
process 500B can be implemented by any of the systems described herein. For example, the stream rendering process
500B can be implemented by any of the renderers described herein.
[0061] At block 522, an object-oriented audio stream is received. This audio stream may have been created using the
techniques of the process 500A or with other techniques described above. Object metadata in the audio stream is
accessed at block 524. This metadata may be obtained by decoding the stream using, for example, the same codec
used to encode the stream.
[0062] One or more object attributes in the metadata are identified at block 526. Values of these object attributes can
be identified by the renderer as cues for rendering the audio objects in the stream.
[0063] An audio signal in the audio stream is rendered at block 528. In the depicted embodiment, the audio stream is
rendered according to the one or more object attributes to produce output audio. The output audio is supplied to one or
more loudspeakers at block 530.

IV. Adaptive Streaming and Rendering Embodiments

[0064] An adaptive streaming module 122B and adaptive renderer 142B were described above with respect to FIGURE
1B. More detailed embodiments of an adaptive streaming module 622 and an adaptive renderer 642 are shown in the
system 600 of FIGURE 6.
[0065] In FIGURE 6, the adaptive streaming module 622 has several components, including a priority module 624, a
network resource monitor 626, an object-oriented encoder 612, and an audio communications module 628. The adaptive

(continued)

Reverb Preset Type

13 Living Room

14 Medium Room

15 Mountains

16 Parking Garage

17 Plate

18 Room

19 Under Water
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renderer 642 includes a computing resource monitor 644 and a rendering module 646. Some of the components shown
may be omitted in different implementations. The object-oriented encoder 612 can include any of the encoding features
described above. The audio communications module 628 can transmit the bit stream 614 to the adaptive renderer 642
over a network (not shown).
[0066] The priority module 624 can apply priority values or other priority information to audio objects. In one embod-
iment, each object can have a priority value, which may be a numeric value or the like. Priority values can indicate the
relative importance of objects from a rendering standpoint. Objects with higher priority can be more important to render
than objects of lower priority. Thus, if resources are constrained, objects with relatively lower priority can be ignored.
Priority can initially be established by a content creator, using the audio object creation systems 110 described above.
[0067] As an example, a dialog object that includes dialog for a video might have a relatively higher priority than a
background sound object. If the priority values are on a scale from 1 to 5, for instance, the dialog object might have a
priority value of 1 (meaning the highest priority), while a background sound object might have a lower priority (e.g.,
somewhere from 2 to 5). The priority module 624 can establish thresholds for transmitting objects that satisfy certain
priority levels. For instance, the priority module 624 can establish a threshold of 3, such that objects having priority of
1, 2, and 3 are transmitted to a user system while objects with a priority of 4 or 5 are not.
[0068] The priority module 624 can dynamically set this threshold based on changing network conditions, as determined
by the network resource monitor 626. The network resource monitor 626 can monitor available network resources or
other quality of service measures, such as bandwidth, latency, and so forth. The network resource monitor 626 can
provide this information to the priority module 624. Using this information, the priority module 624 can adjust the threshold
to allow lower priority objects to be transmitted to the user system if network resources are high. Similarly, the priority
module 624 can adjust the threshold to prevent lower priority objects from being transmitted when network resources
are low.
[0069] The priority module 624 can also adjust the priority threshold based on information received from the adaptive
renderer 642. The computing resource module 644 of the adaptive renderer 642 can identify characteristics of the
playback environment of a user system, such as the number of speakers connected to the user system, the processing
capability of the user system, and so forth. The computing resource module 644 can communicate the computing
resource information to the priority module 624 over a control channel 650. Based on this information, the priority module
624 can adjust the threshold to send both higher and lower priority objects if the computing resources are high and solely
higher priority objects if the computing resources are low. The computing resource monitor 644 of the adaptive renderer
642 can therefore control the amount and/or type of audio objects that are streamed to the user system.
[0070] The adaptive renderer 642 can also adjust the way audio streams are rendered based on the playback envi-
ronment. If the user system is connected to two speakers, for instance, the adaptive renderer 642 can render the audio
objects on the two speakers. If additional speakers are connected to the user system, the adaptive renderer 642 can
render the audio objects on the additional channels as well. The adaptive renderer 642 may also apply psychoacoustic
techniques when rendering the audio objects on one or two (or sometimes more) speakers.
[0071] The priority module 624 can change the priority of audio objects dynamically. For instance, the priority module
624 can set objects to have relative priority to one another. A dialog object, for example, can be assigned a highest
priority value by the priority module 624. Other objects’ priority values can be relative to the priority of the dialog object.
Thus, if the dialog object is not present for a period of time in the audio stream, the other objects can have relatively
higher priority.
[0072] FIGURE 7 illustrates an embodiment of an adaptive streaming process 700. The adaptive streaming process
700 can be implemented by any of the systems described above, such as the system 600. The adaptive streaming
process 700 facilitates efficient use of streaming resources.
[0073] Blocks 702 through 708 can be performed by the priority module 624 described above. At block 702, a request
is received from a remote computer for audio content. A user system can send the request to a content server, for
instance. At block 704, computing resource information regarding resources of the remote computer system are received.
This computing resource information can describe various available resources of the user system and can be provided
together with the audio content request. Network resource information regarding available network resources is also
received at block 726. This network resource information can be obtained by the network resource monitor 626.
[0074] A priority threshold is set at block 708 based at least partly on the computer and/or network resource information.
In one embodiment, the priority module 624 establishes a lower threshold (e.g., to allow lower priority objects in the
stream) when both the computing and network resources are relatively high. The priority module 624 can establish a
higher threshold (e.g., to allow higher priority objects in the stream) when either computing or network resources are
relatively low.
[0075] Blocks 710 through 714 can be performed by the object-oriented encoder 612. At decision block 710, for a
given object in the requested audio content, it is determined whether the priority value for that object satisfies the
previously established threshold. If so, at block 712, the object is added to the audio stream. Otherwise, the object is
not added to the audio stream, thereby advantageously saving network and/or computing resources in certain embod-
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iments.
[0076] It is further determined at block 714 whether additional objects remain to be considered for adding to the stream.
If so, the process 700 loops back to block 710. Otherwise, the audio stream is transmitted to the remote computing
system at block 716, for example, by the audio communications module 628.
[0077] The process 700 can be modified in some implementations to remove objects from a pre-encoded audio stream
instead of assembling an audio stream on the fly. For instance, in block 710, if a given object has a priority that does
not satisfy a threshold, at block 712, the object can be removed from the audio stream. Thus, content creators can
provide an audio stream to a content server with a variety of objects, and the adaptive streaming module at the content
server can dynamically remove some of the objects based on the objects’ priorities. Selecting audio objects for streaming
can therefore include adding objects to a stream, removing objects from a stream, or both.
[0078] FIGURE 8 illustrates an embodiment of an adaptive rendering process 800. The adaptive rendering process
800 can be implemented by any of the systems described above, such as the system 600. The adaptive rendering
process 800 also facilitates efficient use of streaming resources.
[0079] At block 802, an audio stream having a plurality of audio objects is received by a renderer of a user system.
For example, the adaptive renderer 642 can receive the audio objects. Playback environment information is accessed
at block 804. The playback environment information can be accessed by the computing resource monitor 644 of the
adaptive renderer 642. This resource information can include information on speaker configurations, computing power,
and so forth.
[0080] Blocks 806 through 810 can be implemented by the rendering module 646 of the adaptive renderer 642. At
block 806, one or more audio objects are selected based at least partly on the environment information. The rendering
module 646 can use the priority values of the objects to select the objects to render. In another embodiment, the rendering
module 646 does not select objects based on priority values, but instead down-mixes objects into fewer speaker channels
or otherwise uses less processing resources to render the audio. The audio objects are rendered to produce output
audio at block 808. The rendered audio is output to one or more speakers at block 810.

V. Audio Object Creation Embodiments

[0081] FIGURES 9 through 11 describe example audio object creation techniques in the context of audio-visual re-
productions, such as movies, television, podcasting, and the like. However, some or all of the features described with
respect to FIGURES 9 through 11 can also be implemented in the pure audio context (e.g., without accompanying video).
[0082] FIGURE 9 illustrates an example scene 900 for object-oriented audio capture. The scene 900 represents a
simplified view of an audio-visual scene such as may be constructed for a movie, television, or other video. In the scene
900, two actors 910 are performing, and their sounds and actions are recorded by a microphone 920 and camera 930
respectively. For simplicity, a single microphone 920 is illustrated, although in some cases the actors 910 may wear
individual microphones. Similarly, individual microphones can also be supplied for props (not shown).
[0083] In order to determine the location, velocity, and other attributes of the sound sources (e.g., the actors) in the
present scene 900, location-tracking devices 912 are provided. These location-tracking devices 912 can include GPS
devices, motion capture suits, laser range finders, and the like. Data from the location-tracking devices 912 can be
transmitted to the audio object creation system 110 together with data from the microphone 920 (or microphones). Time
stamps included in the data from the location-tracking devices 912 can be correlated with time stamps obtained from
the microphone 920 and/or camera 930 so as to provide position data for each instance of audio. This position data can
be used to create audio objects having a position attribute. Similarly, velocity data can be obtained from the location-
tracking devices 912 or can be derived from the position data.
[0084] The location data from the location-tracking devices 912 (such as GPS-derived latitude and longitude) can be
used directly as the position data or can be translated to a coordinate system. For instance, Cartesian coordinates 940
in three dimensions (x, y, and z) can be used to track audio object position. Coordinate systems other than Cartesian
coordinates may be used as well, such as spherical or cylindrical coordinates. The origin for the coordinate system 940
can be the camera 930 in one embodiment. To facilitate this arrangement, the camera 930 can also include a location-
tracking device 912 so as to determine its location relative to the audio objects. Thus, even if the camera’s 930 position
changes, the position of the audio objects in the scene 900 can still be relative to the camera’s 930 position.
[0085] Positition data can also be applied to audio objects during post-production of an audio-visual production. For
animation productions, the coordinates of animated objects (such as characters) can be known to the content creators.
These coordinates can be automatically associated with the audio produced by each animated object to create audio
objects.
[0086] FIGURE 10 schematically illustrates a system 1000 for object-oriented audio capture that can implement the
features described above with respect to FIGURE 9. In the system 1000, sound source location data 1002 and microphone
data 1006 are provided to an object creation module 1014. The object creation module 1014 can include all the features
of the object creation modules 114A, 114B described above. The object creation module 1014 can correlate the sound
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source location data 1002 for a given sound source with the microphone data 1006 based on timestamps 1004, 1008,
as described above with respect to FIGURE 9.
[0087] Additionally, the object creation module 1014 includes an object linker 1020 that can link or otherwise associate
objects together. Certain audio objects may be inherently related to one another and can therefore be automatically
linked together by the object linker 1020. Linked objects can be rendered together in ways that will be described below.
[0088] Objects may be inherently related to each other because the objects are related to a same higher class of
object. In other words, the object creation module 1014 can form hierarchies of objects that include parent objects and
child objects that are related to and inherent properties of the parent objects. In this manner, audio objects can borrow
certain object-oriented principles from computer programming languages. An example of a parent object that may have
child objects is a marching band. A marching band can have several sections corresponding to different groups of
instruments, such as trombones, flutes, clarinets, and so forth. A content creator using the object creation module 1014
can assign the band to be a parent object and each section to be a child object. Further, the content creator can also
assign the individual band members to be child objects of the section objects. The complexity of the object hierarchy,
including the number of levels in the hierarchy, can be established by the content creator.
[0089] As mentioned above, child objects can inherit properties of their parent objects. Thus, child objects can inherit
some or all of the metadata of their parent objects. In some cases, child objects can also inherit some or all of the audio
signal data associated with their parent objects. The child objects can modify some or all of this metadata and/or audio
signal data. For example, a child object can modify a position attribute inherited from the parent so that the child and
parent have differing positions but other similar metadata.
[0090] The child object’s position can also be represented as an offset from the parent object’s position or can otherwise
be derived from the parent object’s position. Referring to the marching band example, a section of the band can have
a position that is offset from the band’s position. As the band changes position, the child object representing the band
section can automatically update its position based on the offset and the parent band’s position. In this manner, different
sections of the band having different position offsets can move together.
[0091] Inheritance between child and parent objects can result in common metadata between child and parent objects.
This overlap in metadata can be exploited by any of the object-oriented encoders described above to optimize or reduce
data in the audio stream. In one embodiment, an object-oriented encoder can remove redundant metadata from the
child object, replacing the redundant metadata with a reference to the parent’s metadata. Likewise, if redundant audio
signal data is common to the child and parent objects, the object-oriented encoder can reduce or eliminate the redundant
audio signal data. These techniques are merely examples of many optimization techniques that the object-oriented
encoder can implement to reduce or eliminate redundant data in the audio stream.
[0092] Moreover, the object linker 1020 of the object creation module 1014 can link child and parent objects together.
The object linker 1020 can perform this linking by creating an association between the two objects, which may be reflected
in the metadata of the two objects. The object linker 1020 can store this association in an object data repository 1016.
Also, in some embodiments, content creators can manually link objects together, for example, even when the objects
do not have parent-child relationships.
[0093] When a renderer receives two linked objects, the renderer can choose to render the two objects separately or
together. Thus, instead of rendering a marching band as a single point source on one speaker, for instance, a renderer
can render the marching band as a sound field of audio objects together on a variety of speakers. As the band moves
in a video, for instance, the renderer can move the sound field across the speakers.
[0094] More generally, the renderer can interpret the linking information in a variety of ways. The renderer may, for
instance, render linked objects on the same speaker at different times, delayed from one another, or on different speakers
at the same time, or the like. The renderer may also render the linked objects at different points in space determined
psychoacoustically, so as to provide the impression to the listener that the linked objects are at different points around
the listener’s head. Thus, for example, a renderer can cause the trombone section to appear to be marching to the left
of a listener while the clarinet section is marching to the right of the listener.
[0095] FIGURE 11 illustrates an embodiment of a process 1100 for object-oriented audio capture. The process 1100
can be implemented by any of the systems described herein, such as the system 1000. For example, the process 1100
can be implemented by the object linker 1020 of the object creation module 1014.
[0096] At block 1102, audio and location data are received for first and second sound sources. The audio data can
be obtained using a microphone, while the location data can be obtained using any of the techniques described above
with respect to FIGURE 9.
[0097] A first audio object is created for the first sound source at block 1104. Similarly, a second audio object is created
for the second sound source at block 1106. An association is created between the first and second sound sources at
block 1108. This association can be created automatically by the object linker 1020 based on whether the two objects
are related in an object hierarchy. Further, the object linker 1020 can create the association automatically based on
other metadata associated with the objects, such as any two similar attributes. The association is stored in computer
storage at block 1110.
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VI. Terminology

[0098] Depending on the embodiment, certain acts, events, or functions of any of the algorithms described herein can
be performed in a different sequence, can be added, merged, or left out all together (e.g., not all described acts or events
are necessary for the practice of the algorithm). Moreover, in certain embodiments, acts or events can be performed
concurrently, e.g., through multi-threaded processing, interrupt processing, or multiple processors or processor cores
or on other parallel architectures, rather than sequentially.
[0099] The various illustrative logical blocks, modules, and algorithm steps described in connection with the embod-
iments disclosed herein can be implemented as electronic hardware, computer software, or combinations of both. To
clearly illustrate this interchangeability of hardware and software, various illustrative components, blocks, modules, and
steps have been described above generally in terms of their functionality. Whether such functionality is implemented as
hardware or software depends upon the particular application and design constraints imposed on the overall system.
The described functionality can be implemented in varying ways for each particular application, but such implementation
decisions should not be interpreted as causing a departure from the scope of the disclosure.
[0100] The various illustrative logical blocks and modules described in connection with the embodiments disclosed
herein can be implemented or performed by a machine, such as a general purpose processor, a digital signal processor
(DSP), an application specific integrated circuit (ASIC), a field programmable gate array (FPGA) or other programmable
logic device, discrete gate or transistor logic, discrete hardware components, or any combination thereof designed to
perform the functions described herein. A general purpose processor can be a microprocessor, but in the alternative,
the processor can be a controller, microcontroller, or state machine, combinations of the same, or the like. A processor
can also be implemented as a combination of computing devices, e.g., a combination of a DSP and a microprocessor,
a plurality of microprocessors, one or more microprocessors in conjunction with a DSP core, or any other such config-
uration.
[0101] The steps of a method, process, or algorithm described in connection with the embodiments disclosed herein
can be embodied directly in hardware, in a software module executed by a processor, or in a combination of the two. A
software module can reside in RAM memory, flash memory, ROM memory, EPROM memory, EEPROM memory,
registers, hard disk, a removable disk, a CD-ROM, or any other form of computer-readable storage medium known in
the art. An exemplary storage medium can be coupled to the processor such that the processor can read information
from, and write information to, the storage medium. In the alternative, the storage medium can be integral to the processor.
The processor and the storage medium can reside in an ASIC. The ASIC can reside in a user terminal. In the alternative,
the processor and the storage medium can reside as discrete components in a user terminal.
[0102] Conditional language used herein, such as, among others, "can," "might," "may," "e.g.," and the like, unless
specifically stated otherwise, or otherwise understood within the context as used, is generally intended to convey that
certain embodiments include, while other embodiments do not include, certain features, elements and/or states. Thus,
such conditional language is not generally intended to imply that features, elements and/or states are in any way required
for one or more embodiments or that one or more embodiments necessarily include logic for deciding, with or without
author input or prompting, whether these features, elements and/or states are included or are to be performed in any
particular embodiment.

Claims

1. A system for adapting transmission of an object-oriented audio stream, the system comprising:

a network resource monitor configured to receive an audio content request over a network from a remote
computer system and to access network resource information about available resources of the network;
an object-oriented encoder implemented by one or more processors, the object-oriented encoder configured to:

select one or more of a plurality of audio objects to remove from an audio stream based at least in part on
the available network resources and on priority information corresponding to the plurality of audio objects,
wherein the priority information comprises a priority value for each of the plurality of audio objects;
select one or more of the plurality of audio objects by at least selecting from the plurality of audio objects
the one or more audio objects whose priority value satisfies a priority threshold; and
dynamically adjust the priority threshold based at least partly on environment information received from the
remote computer system, wherein the environment information comprises information regarding one or
more of the following: a number of speakers connected to the remote computer system, psychoacoustic
audio enhancement processing capability of the remote computer system, and software installed on the
remote computer system; and
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an audio transmission module configured to transmit the audio stream to the remote computer system over
the network.

2. The system of claim 1, wherein the network resource monitor monitors available network bandwidth.

3. The system of claim 2, wherein the object-oriented encoder is further configured to select relatively more audio
objects to remove from the audio stream when the available network bandwidth is relatively lower and to select
relatively fewer audio objects to remove from the audio stream when the available network bandwidth is relatively
higher.

4. The system of claim 1, wherein the object-oriented encoder is further configured to select the priority threshold
based at least partly on the information about available network resources.

5. The system of claim 1, wherein the object-oriented encoder is further configured to assign a higher priority value to
a dialog audio object of the plurality of audio objects than a priority value of a non-dialog object of the plurality of
audio objects.

6. The system of claim 5, wherein the object-oriented encoder is further configured to increase the priority value of the
non-dialog audio object for a temporary period of time in which the dialog audio object is not present in the audio
stream.

7. The system of claim 1, wherein the audio transmission module is further configured to transmit the audio stream by
at least streaming the one or more audio objects in a single stream to the remote computer system.

8. A method of adapting rendering of an object-oriented audio stream, the method comprising:

accessing, with a computer system, environment information regarding a playback environment associated with
the computer system, wherein the environment information comprises information regarding one or more of the
following: a number of speakers connected to the computer system, psychoacoustic audio enhancement
processing capability of the computer system, and software installed on the computer system;
sending, with the computer system, the environment information to a remote server;
receiving, with the computer system, an audio stream from a remote server over a network, the audio stream
comprising a plurality of audio objects;
selecting, with the computer system, one or more of the plurality of audio objects based at least partly on the
environment information;
rendering, by the computer system, the selected one or more audio objects to produce output audio; and
supplying, by the computer system, the output audio to one or more speakers.

9. The method of claim 7, wherein said selecting is further performed based at least partly on priority information
associated with each of the plurality of audio objects.

10. The method of claim 7, wherein said rendering comprises applying a psychoacoustic enhancement to the one or
more audio objects in response to determining a number of speakers in the playback environment.

Patentansprüche

1. System zum Anpassen einer Sendung eines objektorientierten Audiodatenstroms, wobei das System umfasst:

einen Netzwerkressourcenmonitor, der ausgelegt ist, eine Audioinhaltsanforderung von einem entfernten Com-
putersystem über ein Netzwerk zu empfangen und über verfügbare Ressourcen des Netzwerks auf Netzwer-
kressourceninformationen zuzugreifen;
einen objektorientierten Codierer, der von einem oder mehreren Prozessoren implementiert ist, wobei der ob-
jektorientierte Codierer ausgelegt ist:

eine oder mehrere einer Vielzahl von Audioobjekten, die aus einem Audiodatenstrom zu entfernen sind,
zumindest teilweise auf Grundlage der verfügbaren Netzwerkressourcen und von Prioritätsinformationen
auszuwählen, die der Vielzahl von Audioobjekten entsprechen, wobei die Prioritätsinformationen einen
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Prioritätswert für jedes der Vielzahl von Audioobjekten umfassen;
eines oder mehrere der Vielzahl von Audioobjekten zumindest durch Auswählen der einen oder mehreren
Audioobjekte aus der Vielzahl von Audioobjekten auszuwählen, dessen Prioritätswert einen Prioritäts-
schwellenwert erfüllt; und
dynamisch den Prioritätsschwellenwert zumindest teilweise auf Grundlage von vom entfernten Computer-
system empfangenen Umgebungsinformationen anzupassen, wobei die Umgebungsinformationen Infor-
mationen in Bezug auf eines oder mehrere von Folgendem umfasst: eine Anzahl von Lautsprechern, die
mit dem entfernten Computersystem verbunden sind, eine psychoakustische Audioverstärkungsverarbei-
tungsfähigkeit des entfernten Computersystems und auf dem entfernten Computersystem installierte Soft-
ware; und
ein Audiosendemodul, das ausgelegt ist, den Audiodatenstrom über das Netzwerk an das entfernte Com-
putersystem zu senden.

2. System nach Anspruch 1, wobei der Netzwerkressourcenmonitor eine verfügbare Netzwerkbandbreite überwacht.

3. System nach Anspruch 2, wobei der objektorientierte Codierer ferner ausgelegt ist, relativ mehr Audioobjekte aus-
zuwählen, die aus dem Audiodatenstrom zu entfernen sind, wenn die verfügbare Netzwerkbandbreite relativ geringer
ist, und relativ weniger Audioobjekte auszuwählen, die aus dem Audiodatenstrom zu entfernen sind, wenn die
verfügbare Netzwerkbandbreite relativ höher ist.

4. System nach Anspruch 1, wobei der objektorientierte Codierer ferner ausgelegt ist, den Prioritätsschwellenwert
zumindest teilweise auf Grundlage der Informationen über die verfügbaren Netzwerkressourcen auszuwählen.

5. System nach Anspruch 1, wobei der objektorientierte Codierer ferner ausgelegt ist, einem Dialogaudioobjekt der
Vielzahl von Audioobjekten einen höheren Prioritätswert als ein Prioritätswert eines Nicht-Dialogobjekts der Vielzahl
von Audioobjekten zuzuweisen.

6. System nach Anspruch 5, wobei der objektorientierte Codierer ferner ausgelegt ist, den Prioritätswert des Nicht-
Dialogaudioobjekts für einen temporären Zeitraum zu erhöhen, in dem das Dialogaudioobjekt nicht im Audiodaten-
strom vorhanden ist.

7. System nach Anspruch 1, wobei das Audiosendemodul ferner ausgelegt ist, den Audiodatenstrom zumindest durch
Streaming des einen oder der mehreren Audioobjekte in einem einzigen Datenstrom an das entfernte Computer-
system zu senden.

8. Verfahren zum Anpassen eines Renderns eines objektorientierten Audiodatenstroms, wobei das Verfahren umfasst:

Zugreifen, mit einem Computersystem, auf Umgebungsinformationen in Bezug auf eine Wiedergabeumgebung,
die mit dem Computersystem assoziiert ist, wobei die Umgebungsinformationen Informationen in Bezug auf
eines oder mehrere von Folgendem umfassen: eine Anzahl von Lautsprechern, die mit dem Computersystem
verbunden sind, eine psychoakustische Audioverstärkungsverarbeitungsfähigkeit des Computersystems und
auf dem Computersystem installierte Software;
Senden, mit dem Computersystem, der Umgebungsinformationen an einen entfernten Server;
Empfangen, mit dem Computersystem, eines Audiodatenstroms von einem entfernten Server über ein Netzwerk,
wobei der Audiodatenstrom eine Vielzahl von Audioobjekten umfasst;
Auswählen, mit dem Computersystem, eines oder mehrerer der Vielzahl von Audioobjekten, zumindest teilweise
auf Grundlage der Umgebungsinformationen;
Rendern, durch das Computersystem, des ausgewählten einen oder der ausgewählten mehreren Audioobjekte,
um Ausgabeaudio zu erzeugen; und
Liefern, durch das Computersystem, des Ausgabeaudios an einen oder mehrere Lautsprecher.

9. Verfahren nach Anspruch 7, wobei das Auswählen ferner zumindest teilweise auf Grundlage von Prioritätsinforma-
tionen durchgeführt wird, die mit jedem der Vielzahl von Audioobjekten assoziiert sind.

10. Verfahren nach Anspruch 7, wobei das Rendern ein Anwenden einer psychoakustischen Verstärkung auf das eine
oder die mehreren Audioobjekte als Reaktion auf ein Ermitteln einer Anzahl von Lautsprechern in der Wiedergabe-
umgebung umfasst.
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Revendications

1. Système destiné à adapter la transmission d’un flux audio orienté objet, le système comprenant :

un dispositif de surveillance de ressources réseau conçu pour recevoir une demande de contenu audio par
l’intermédiaire d’un réseau en provenance d’un système informatique distant et pour accéder à des informations
de ressources réseau concernant des ressources disponibles du réseau ;
un codeur orienté objet mis en œuvre par un ou plusieurs processeurs, le codeur orienté objet étant conçu pour :

sélectionner un ou plusieurs d’une pluralité d’objets audio à retirer d’un flux audio sur la base, au moins en
partie, des ressources réseau disponibles et d’informations de priorité correspondant à la pluralité d’objets
audio, dans lequel les informations de priorité comprennent une valeur de priorité pour chacun de la pluralité
d’objets audio ;
sélectionner un ou plusieurs de la pluralité d’objets audio en sélectionnant au moins parmi la pluralité
d’objets audio lesdits un ou plusieurs objets audio dont la valeur de priorité satisfait à un seuil de priorité ; et
ajuster dynamiquement le seuil de priorité sur la base, au moins en partie, d’informations d’environnement
reçues en provenance du système informatique distant, dans lequel les informations d’environnement
comprennent des informations concernant un ou plusieurs des éléments suivants : un nombre de haut-
parleurs connectés au système informatique distant, la capacité de traitement d’amélioration audio psy-
choacoustique du système informatique distant, et des logiciels installés sur le système informatique distant ;
et
un module de transmission audio conçu pour transmettre le flux audio au système informatique distant par
l’intermédiaire du réseau.

2. Système selon la revendication 1, dans lequel le dispositif de surveillance de ressources réseau surveille la largeur
de bande réseau disponible.

3. Système selon la revendication 2, dans lequel le codeur orienté objet est en outre conçu pour sélectionner relati-
vement plus d’objets audio à retirer du flux audio lorsque la largeur de bande réseau disponible est relativement
faible et pour sélectionner relativement moins d’objets audio à retirer du flux audio lorsque la largeur de bande
réseau disponible est relativement élevée.

4. Système selon la revendication 1, dans lequel le codeur orienté objet est en outre conçu pour sélectionner le seuil
de priorité sur la base, au moins en partie, des informations concernant des ressources réseau disponibles.

5. Système selon la revendication 1, dans lequel le codeur orienté objet est en outre conçu pour attribuer une valeur
de priorité plus élevée à un objet audio lié à un dialogue de la pluralité d’objets audio qu’une valeur de priorité d’un
objet non lié à un dialogue de la pluralité d’objets audio.

6. Système selon la revendication 5, dans lequel le codeur orienté objet est en outre conçu pour augmenter la valeur
de priorité de l’objet audio non lié à un dialogue pendant une période de temps temporaire au cours de laquelle
l’objet audio lié à un dialogue n’est pas présent dans le flux audio.

7. Système selon la revendication 1, dans lequel le module de transmission audio est en outre conçu pour transmettre
le flux audio en diffusant en continu au moins un ou plusieurs objets audio dans un flux unique vers le système
informatique distant.

8. Procédé d’adaptation du rendu d’un flux audio orienté objet, le procédé comprenant :

l’accès, au moyen d’un système informatique, à des informations d’environnement concernant un environnement
de lecture associé au système informatique, dans lequel les informations d’environnement comprennent des
informations concernant un ou plusieurs des éléments suivants : un nombre de haut-parleurs connectés au
système informatique, la capacité de traitement d’amélioration audio psychoacoustique du système informati-
que, et des logiciels installés sur le système informatique ;
l’envoi, au moyen du système informatique, des informations d’environnement à un serveur distant ;
la réception, au moyen du système informatique, d’un flux audio en provenance d’un serveur distant par l’in-
termédiaire d’un réseau, le flux audio comprenant une pluralité d’objets audio ;
la sélection, au moyen du système informatique, d’un ou de plusieurs de la pluralité d’objets audio sur la base,
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au moins en partie, des informations d’environnement ;
le rendu, par le système informatique, desdits un ou plusieurs objets audio sélectionnés pour produire une
sortie audio ; et
la fourniture, par le système informatique, de la sortie audio à un ou plusieurs haut-parleurs.

9. Procédé selon la revendication 7, dans lequel ladite sélection est en outre effectuée sur la base au moins en partie
d’informations de priorité associées à chacun de la pluralité d’objets audio.

10. Procédé selon la revendication 7, dans lequel ledit rendu comprend l’application d’une amélioration psychoacous-
tique auxdits un ou plusieurs objets audio en réponse à la détermination d’un nombre de haut-parleurs dans l’en-
vironnement de lecture.
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