
























































































  

                      

   

45

CLAIMS: 

What is claimed is: 

 

1. A system for processing audio signals, comprising an authoring component 

configured to: 5 

receive a plurality of audio signals;  

generate an adaptive audio mix comprising a plurality of monophonic audio streams 

and metadata associated with each of the audio streams and indicating a playback location of 

a respective monophonic audio stream, wherein at least some of the plurality of monophonic 

audio streams are identified as channel-based audio and the others of the plurality of 10 

monophonic audio streams are identified as object-based audio, and wherein the playback 

location of a channel-based monophonic audio stream comprises a designation of a speaker in 

a speaker array, and the playback location of an object-based monophonic audio stream 

comprises a location in three-dimensional space, and wherein each object-based monophonic 

audio stream is rendered in at least one specific speaker of the speaker array; and  15 

encapsulate the plurality of monophonic audio streams and the metadata in a bitstream 

for transmission to a rendering system configured to render the plurality of monophonic 

audio streams to a plurality of speaker feeds corresponding to speakers in a playback 

environment, wherein the speakers of the speaker array are placed at specific positions within 

the playback environment, and wherein metadata elements associated with each respective 20 

object-based monophonic audio stream indicate whether one or more sound components are 

rendered to a speaker feed for playback through a speaker nearest an intended playback 

location of the sound component, such that a respective object-based monophonic audio 

stream is effectively rendered by the speaker nearest to the intended playback location.  

 25 

2.  The system of claim 1 wherein the authoring component includes a mixing console 

having controls operable by a user to indicate playback levels of the plurality of monophonic 

audio streams, and wherein the metadata elements associated with each respective object-

based stream are automatically generated upon input to the mixing console controls by the 

user.  30 

 

3.  The system of claim 1 further comprising an encoder coupled to the authoring 

component and configured to receive the plurality of monophonic audio streams and 
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metadata and to generate a single digital bitstream containing the plurality of monophonic 

audio streams in an ordered fashion. 

 

4. A system for processing audio signals, comprising a rendering system configured to: 

receive a bitstream encapsulating an adaptive audio mix comprising a plurality of 5 

monophonic audio streams and metadata associated with each of the audio streams and 

indicating a playback location of a respective monophonic audio stream, wherein at least 

some of the plurality of monophonic audio streams are identified as channel-based audio and 

the others of the plurality of monophonic audio streams are identified as object-based audio, 

and wherein the playback location of a channel-based monophonic audio stream comprises a 10 

designation of a speaker in a speaker array, and the playback location of an object-based 

monophonic audio stream comprises a location in three-dimensional space, and wherein each 

object-based monophonic audio stream is rendered in at least one specific speaker of the 

speaker array; and  

render the plurality of monophonic audio streams to a plurality of speaker feeds 15 

corresponding to speakers in a playback environment, wherein the speakers of the speaker 

array are placed at specific positions within the playback environment, and wherein metadata 

elements associated with each respective object-based monophonic audio stream indicate 

whether one or more sound components are rendered to a speaker feed for playback through a 

speaker nearest an intended playback location of the sound component, such that a respective 20 

object-based monophonic audio stream is effectively rendered by the speaker nearest to the 

intended playback location.  

 

5. The system of claim 4, wherein the metadata elements associated with each respective 

object-based monophonic audio stream further indicate a spatial distortion threshold, and 25 

wherein the metadata element indicating whether a respective sound component is rendered 

by the speaker nearest to the intended playback location is ignored if the spatial distortion 

resulting from rendering the respective sound component by the speaker nearest to the 

intended playback location exceeds the spatial distortion threshold. 

 30 

6. The system of claim 5, wherein the spatial distortion threshold comprises at least one 

of an azimuth tolerance threshold and an elevation tolerance threshold. 
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7. The system of claim 4, wherein the metadata elements associated with each respective 

object-based monophonic audio stream further indicate a crossfade rate parameter, and 

wherein when the speaker nearest to the intended playback location for the sound component 

changes from a first speaker to a second speaker, the rate at which the sound component 

changes from the first speaker to the second speaker is controlled in response to the crossfade 5 

rate parameter. 

 

8.  The system of claim 4 wherein the metadata elements associated with each object-

based monophonic audio stream further indicate spatial parameters controlling the playback 

of a corresponding sound component comprising one or more of: sound position, sound 10 

width, and sound velocity. 

  

9.  The system of claim 4 wherein the playback location for each of the plurality of 

object-based monophonic audio streams comprises a spatial position relative to a screen 

within the playback environment, or a surface that encloses the playback environment, and 15 

wherein the surface comprises a front plane, a back plane, a left plane, right plane, an upper 

plane, and a lower plane. 

 

10.  The system of claim 4 wherein the rendering system selects a rendering algorithm 

utilized by the rendering system, the rendering algorithm selected from the group consisting 20 

of: binaural, stereo dipole, Ambisonics, Wave Field Synthesis (WFS), multi-channel panning, 

raw stems with position metadata, dual balance, and vector-based amplitude panning. 

 

11.  The system of claim 4 wherein the playback location for each of the plurality of 

object-based monophonic audio streams is independently specified with respect to either an 25 

egocentric frame of reference or an allocentric frame of reference, wherein the egocentric 

frame of reference is taken in relation to a listener in the playback environment, and wherein 

the allocentric frame of reference is taken with respect to a characteristic of the playback 

environment. 

 30 

12. A method for authoring audio content for rendering, comprising: 

receiving a plurality of audio signals;  

generating an adaptive audio mix comprising a plurality of monophonic audio streams 

and metadata associated with each of the audio streams and indicating a playback location of 
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a respective monophonic audio stream, wherein at least some of the plurality of monophonic 

audio streams are identified as channel-based audio and the others of the plurality of 

monophonic audio streams are identified as object-based audio, and wherein the playback 

location of the channel-based audio comprises speaker designations of speakers in a speaker 

array, and the playback location of the object-based audio comprises a location in three-5 

dimensional space, and wherein each object-based monophonic audio stream is rendered in at 

least one specific speaker of the speaker array; and  

encapsulating the plurality of monophonic audio streams and the metadata in a 

bitstream for transmission to a rendering system configured to render the plurality of 

monophonic audio streams to a plurality of speaker feeds corresponding to speakers in a 10 

playback environment, wherein the speakers of the speaker array are placed at specific 

positions within the playback environment, and wherein metadata elements associated with 

each respective object-based monophonic audio stream indicate whether one or more sound 

components are rendered to a speaker feed for playback through a speaker nearest an 

intended playback location of the sound component, such that an object-based monophonic 15 

audio stream is effectively rendered by the speaker nearest to the intended playback location.  

 

13.  The method of claim 12 further comprising: 

receiving, from a mixing console having controls operated by a user to indicate 

playback levels of the plurality of monophonic audio streams comprising the audio content; 20 

and 

automatically generating the metadata elements associated with each respective 

object-based stream upon receipt of the user input.  

 

14. A method for rendering audio signals, comprising: 25 

receiving a bitstream encapsulating an adaptive audio mix comprising a plurality of 

monophonic audio streams and metadata associated with each of the audio streams and 

indicating a playback location of a respective monophonic audio stream, wherein at least 

some of the plurality of monophonic audio streams are identified as channel-based audio and 

the others of the plurality of monophonic audio streams are identified as object-based audio, 30 

and wherein the playback location of a channel-based monophonic audio stream comprises a 

designation of a speaker in a speaker array, and the playback location of an object-based 

monophonic audio stream comprises a location in three-dimensional space, and wherein each 
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object-based monophonic audio stream is rendered in at least one specific speaker of the 

speaker array; and  

rendering the plurality of monophonic audio streams to a plurality of speaker feeds 

corresponding to speakers in a playback environment, wherein the speakers of the speaker 

array are placed at specific positions within the playback environment, and wherein metadata 5 

elements associated with each respective object-based monophonic audio stream indicate 

whether one or more sound components are rendered to a speaker feed for playback through a 

speaker nearest an intended playback location of the sound component, such that an object-

based monophonic audio stream is effectively rendered by the speaker nearest to the intended 

playback location.  10 

 

15. The method of claim 14, wherein the metadata elements associated with each 

respective object-based monophonic audio stream further indicate a spatial distortion 

threshold, and wherein the metadata element indicating whether a respective sound 

component is rendered by the speaker nearest to the intended playback location is ignored if 15 

the spatial distortion resulting from rendering the respective sound component by the speaker 

nearest to the intended playback location exceeds the spatial distortion threshold. 

 

16. The method of claim 15, wherein the spatial distortion threshold comprises at least 

one of an azimuth tolerance threshold and an elevation tolerance threshold. 20 

 

17. The method of claim 14, wherein the metadata elements associated with each 

respective object-based monophonic audio stream further indicate a crossfade rate parameter, 

and wherein when the speaker nearest to the intended playback location for the sound 

component changes from a first speaker to a second speaker, the rate at which the respective 25 

object transitions from the first speaker to the second speaker is controlled in response to the 

crossfade rate parameter. 

 

18.  The method of claim 14 wherein the metadata elements associated with each object-

based monophonic audio stream further indicate spatial parameters controlling the playback 30 

of a corresponding sound component comprising one or more of: sound position, sound 

width, and sound velocity. 
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19.  The method of claim 14 wherein the playback location for each of the plurality of 

object-based monophonic audio streams comprises a spatial position relative to a screen 

within the playback environment, or a surface that encloses the playback environment, and 

wherein the surface comprises a front plane, a back plane, a left plane, right plane, an upper 

plane, and a lower plane, and/or is independently specified with respect to either an 5 

egocentric frame of reference or an allocentric frame of reference, wherein the egocentric 

frame of reference is taken in relation to a listener in the playback environment, and wherein 

the allocentric frame of reference is taken with respect to a characteristic of the playback 

environment. 

 10 

20.  The method of claim 14 wherein the rendering system selects a rendering algorithm 

utilized by the rendering system, the rendering algorithm selected from the group consisting 

of: binaural, stereo dipole, Ambisonics, Wave Field Synthesis (WFS), multi-channel panning, 

raw stems with position metadata, dual balance, and vector-based amplitude panning. 


