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(57) Abstract: A depth processing system can employ stereo speakers to achieve immersive effects. The depth processing system

o can advantageously manipulate phase and/or amplitude information to render audio along a listener's median plane, thereby render
ing audio along varying depths. In one embodiment, the depth processing system analyzes left and right stereo input signals to infer

o depth, which may change over time. The depth processing system can then vary the phase and/or amplitude decorrelation between
the audio signals over time to enhance the sense of depth already present in the audio signals, thereby creating an immersive depth
effect.



IMMERSIVE AUDIO RENDERING SYSTEM

RELATED APPLICATION

[0001] This application claims priority under 35 U.S.C. § 119(e) to U.S.

Provisional Application No. 61/429,600 filed January 4, 201 1, entitled "Immersive

Audio Rendering System," the disclosure of which is hereby incorporated by

reference in its entirety.

BACKGROUND

[0002] Increasing technical capabilities and user preferences have led

to a wide variety of audio recording and playback systems. Audio systems have

developed beyond the simpler stereo systems having separate left and right

recording/playback channels to what are commonly referred to as surround

sound systems. Surround sound systems are generally designed to provide a

more realistic playback experience for the listener by providing sound sources

that originate or appear to originate from a plurality of spatial locations arranged

about the listener, generally including sound sources located behind the listener.

[0003] A surround sound system will frequently include a center

channel, at least one left channel, and at least one right channel adapted to

generate sound generally in front of the listener. Surround sound systems will

also generally include at least one left surround source and at least one right

surround source adapted for generation of sound generally behind the listener.

Surround sound systems can also include a low frequency effects (LFE) channel,

sometimes referred to as a subwoofer channel, to improve the playback of low

frequency sounds. As one particular example, a surround sound system having

a center channel, a left front channel, a right front channel, a left surround

channel, a right surround channel, and an LFE channel can be referred to as a

5.1 surround system. The number 5 before the period indicates the number of

non-bass speakers present and the number 1 after the period indicates the

presence of a subwoofer.



SUMMARY

[0004] 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.

[0005] In certain embodiments, a method of rendering depth in an

audio output signal includes receiving a plurality of audio signals, identifying first

depth steering information from the audio signals at a first time, and identifying

subsequent depth steering information from the audio signals at a second time.

In addition, the method can include decorrelating, by one or more processors, the

plurality of audio signals by a first amount that depends at least partly on the first

depth steering information to produce first decorrelated audio signals. The

method may further include outputting the first decorrelated audio signals for

playback to a listener. In addition, the method can include, subsequent to said

outputting, decorrelating the plurality of audio signals by a second amount

different from the first amount, where the second amount can depend at least

partly on the subsequent depth steering information to produce second

decorrelated audio signals. Moreover, the method can include outputting the

second decorrelated audio signals for playback to the listener.

[0006] In other embodiments, a method of rendering depth in an audio

output signal can include receiving a plurality of audio signals, identifying depth

steering information that changes over time, decorrelating the plurality of audio

signals dynamically over time, based at least partly on the depth steering

information, to produce a plurality of decorrelated audio signals, and outputting

the plurality of decorrelated audio signals for playback to a listener. At least said

decorrelating or any other subset of the method can be implemented by

electronic hardware.



[0007] A system for rendering depth in an audio output signal can

include, in some embodiments: a depth estimator that can receive two or more

audio signals and that can identify depth information associated with the two or

more audio signals, and a depth renderer comprising one or more processors.

The depth renderer can decorrelate the two or more audio signals dynamically

over time based at least partly on the depth information to produce a plurality of

decorrelated audio signals, and output the plurality of decorrelated audio signals

(e.g., for playback to a listener and/or output to another audio processing

component).

[0008] Various embodiments of a method of rendering depth in an

audio output signal include receiving input audio having two or more audio

signals, estimating depth information associated with the input audio, which

depth information may change over time, and enhancing the audio dynamically

based on the estimated depth information by one or more processors. This

enhancing can vary dynamically based on variations in the depth information

over time. Further, the method can include outputting the enhanced audio.

[0009] A system for rendering depth in an audio output signal can

include, in several embodiments, a depth estimator that can receive input audio

having two or more audio signals and that can estimate depth information

associated with the input audio; and an enhancement component having one or

more processors. The enhancement component can enhance the audio

dynamically based on the estimated depth information. This enhancement can

vary dynamically based on variations in the depth information over time.

[0010] In certain embodiments, a method of modulating a perspective

enhancement applied to an audio signal includes receiving left and right audio

signals, where the left and right audio signals each have information about a

spatial position of a sound source relative to a listener. The method can also

include calculating difference information in the left and right audio signals,

applying at least one perspective filter to the difference information in the left and

right audio signals to yield left and right output signals, and applying a gain to the

left and right output signals. A value of this gain can be based at least in part on

the calculated difference information. At least said applying the gain (or the

entire method or a subset thereof) is performed by one or more processors.



[001 1] In some embodiments, a system for modulating a perspective

enhancement applied to an audio signal includes a signal analysis component

that can analyze a plurality of audio signals by at least: receive left and right

audio signals, where the left and right audio signals each have information about

a spatial position of a sound source relative to a listener, and obtain a difference

signal from the left and right audio signals. The system can also include a

surround processor having one or more physical processors. The surround

processor can apply at least one perspective filter to the difference signal to yield

left and right output signals, where an output of the at least one perspective filter

can be modulated based at least in part on the calculated difference information.

[0012] In certain embodiments, non-transitory physical computer

storage having instructions stored therein can implement, in one or more

processors, operations for modulating a perspective enhancement applied to an

audio signal. These operations can include: receiving left and right audio signals,

where the left and right audio signals each have information about a spatial

position of a sound source relative to a listener, calculating difference information

in the left and right audio signals, applying at least one perspective filter to each

of the left and right audio signals to yield left and right output signals, and

modulating said application of the at least one perspective filter based at least in

part on the calculated difference information.

[0013] A system for modulating a perspective enhancement applied to

an audio signal includes, in certain embodiments, means for receiving left and

right audio signals, where the left and right audio signals each have information

about a spatial position of a sound source relative to a listener, means for

calculating difference information in the left and right audio signals, means for

applying at least one perspective filter to each of the left and right audio signals

to yield left and right output signals, and means for modulating said application of

the at least one perspective filter based at least in part on the calculated

difference information.

BRIEF DESCRIPTION OF THE DRAWINGS

[0014] Throughout the drawings, reference numbers can be 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.

[0015] FIGURE 1A illustrates an example depth rendering scenario that

employs an embodiment of a depth processing system.

[0016] FIGURES 1B, 2A, and 2C illustrate aspects of a listening

environment relevant to embodiments of depth rendering algorithms.

[0017] FIGURES 3A through 3D illustrate example embodiments of the

depth processing system of FIGURE 1.

[0018] FIGURE 3E illustrates an embodiment of a crosstalk canceller

that can be included in any of the depth processing systems described herein.

[0019] FIGURE 4 illustrates an embodiment of a depth rendering

process that can be implemented by any of the depth processing systems

described herein.

[0020] FIGURE 5 illustrates an embodiment of a depth estimator.

[0021] FIGURES 6A and 6B illustrate embodiments of depth Tenderers.

[0022] FIGURES 7A, 7B, 8A, and 8B illustrate example pole-zero and

phase-delay plots associated with the example depth Tenderers depicted in

FIGURES 6A and 6B.

[0023] FIGURE 9 illustrates an example frequency-domain depth

estimation process.

[0024] FIGURES 10A and 10B illustrate examples of video frames that

can be used to estimate depth.

[0025] FIGURE 11 illustrates an embodiment of a depth estimation and

rendering algorithm that can be used to estimate depth from video data.

[0026] FIGURE 12 illustrates an example analysis of depth based on

video data.

[0027] FIGURES 13 and 14 illustrate embodiments of surround

processors.

[0028] FIGURES 15 and 16 illustrate embodiments of perspective

curves that can be used by the surround processors to create a virtual surround

effect.

DESCRIPTION OF EMBODIMENTS



I . Introduction

[0029] Surround sound systems attempt to create immersive audio

environments by projecting sound from multiple speakers situated around a

listener. Surround sound systems are typically preferred by audio enthusiasts

over systems with fewer speakers, such as stereo systems. However, stereo

systems are often cheaper by virtue of having fewer speakers, and thus, many

attempts have been made to approximate the surround sound effect with stereo

speakers. Despite such attempts, surround sound environments with more than

two speakers are often more immersive than stereo systems.

[0030] This disclosure describes a depth processing system that

employs stereo speakers to achieve immersive effects, among possibly other

speaker configurations. The depth processing system can advantageously

manipulate phase and/or amplitude information to render audio along a listener's

median plane, thereby rendering audio at varying depths with respect to a

listener. In one embodiment, the depth processing system analyzes left and right

stereo input signals to infer depth, which may change over time. The depth

processing system can then vary the phase and/or amplitude decorrelation

between the audio signals over time, thereby creating an immersive depth effect.

[0031] The features of the audio systems described herein can be

implemented in electronic devices, such as phones, televisions, laptops, other

computers, portable media players, car stereo systems, and the like to create an

immersive audio effect using two or more speakers.

II. Audio Depth Estimation and Rendering Embodiments

[0032] FIGURE 1A illustrates an embodiment of an immersive audio

environment 100. The immersive audio environment 100 shown includes a

depth processing system 110 that receives two (or more) channel audio inputs

and produces two channel audio outputs to left and right speakers 11 , 114, with

an optional third output to a subwoofer 116. Advantageously, in certain

embodiments, the depth processing system 110 analyzes the two-channel audio

input signals to estimate or infer depth information about those signals. Using

this depth information, the depth processing system 110 can adjust the audio

input signals to create a sense of depth in the audio output signals provided to



the left and right stereo speakers 112, 114. As a result, the left and right

speakers can output an immersive sound field (shown by curved lines) for a

listener 102. This immersive sound field can create a sense of depth for the

listener 102.

[0033] The immersive sound field effect provided by the depth

processing system 110 can function more effectively than the immersive effects

of surround sound speakers. Thus, rather than being considered an

approximation to surround systems, the depth processing system 110 can

provide benefits over existing surround systems. One advantage provided in

certain embodiments is that the immersive sound field effect can be relatively

sweet-spot independent, providing an immersive effect throughout the listening

space. However, in some implementations, a heightened immersive effect can

be achieved by placing the listener 102 approximately equidistant between the

speakers and at an angle forming a substantially equilateral triangle with the two

speakers (shown by dashed lines 104).

[0034] FIGURE 1B illustrates aspects of a listening environment 150

relevant to embodiments of depth rendering. Shown is a listener 102 in the

context of two geometric planes 160, 170 associated with the listener 102.

These planes include a median or saggital plane 160 and a frontal or coronal

plane 170. A three-dimensional audio effect can beneficially be obtained in

some embodiments by rendering audio along the listener's 102 median plane.

[0035] An example coordinate system 180 is shown next to the listener

102 for reference. In this coordinate system 180, the median plane 160 lies in

the y-z plane, and the coronal plane 170 lies in the x-y plane. The x-y plane also

corresponds to a plane that may be formed between two stereo speakers facing

the listener 102. The z-axis of the coordinate system 180 can be a normal line to

such a plane. Rendering audio along the median plane 160 can be thought of in

some implementations as rendering audio along the z-axis of the coordinate

system 180. Thus, for example, a depth effect can be rendered by the depth

processing system 110 along the median plane, such that some sounds sound

closer to the listener along the median plane 160, and some sound farther from

the listener 102 along the median plane 160.



[0036] The depth processing system 110 can also render sounds along

both the median and coronal planes 160, 170. The ability to render in three

dimensions in some embodiments can increase the listener's 102 sense of

immersion in the audio scene and can also heighten the illusion of three-

dimensional video when experienced together.

[0037] A listener's perception of depth can be visualized by the

example sound source scenarios 200 depicted in FIGURES 2A and 2B. In

FIGURE 2A, a sound source 252 is positioned at a distance from a listener 202,

whereas the sound source 252 is relatively closer to the listener 202 in FIGURE

2B. A sound source is typically perceived by both ears, with the ear closer to the

sound source 252 typically hearing the sound before the other ear. The delay in

sound reception from one ear to the other can be considered an interaural time

delay (ITD). Further, the intensity of the sound source can be greater for the

closer ear, resulting in an interaural intensity difference (IID).

[0038] Lines 272, 274 drawn from the sound source 252 to each ear of

the listener 202 in FIGURES 2A and 2B form an included angle. This angle is

smaller at a distance and larger when the sound source 252 is closer, as shown

in FIGURES 2A and 2B. The farther away a sound source 252 is from the

listener 202, the more the sound source 252 approximates a point source with a

0 degree included angle. Thus, left and right audio signals may be relatively in-

phase to represent a distant sound source 252, and these signals may be

relatively out of phase to represent a closer sound source 252 (assuming a non

zero azimuthal arrival angle with respect to the listener 102, such that the sound

source 252 is not directly in front of the listener). Accordingly, the ITD and IID of

a distant source 252 may be relatively smaller than the ITD and IID of a closer

source 252.

[0039] Stereo recordings, by virtue of having two speakers, can include

information that can be analyzed to infer depth of a sound source 252 with

respect to a listener 102. For example, ITD and IID information between left and

right stereo channels can be represented as phase and/or amplitude

decorrelation between the two channels. The more decorrelated the two

channels are, the more spacious the sound field may be, and vice versa. The

depth processing system 110 can advantageously manipulate this phase and/or



amplitude decorrelation to render audio along the listener's 102 median plane

160, thereby rendering audio along varying depths. In one embodiment, the

depth processing system 110 analyzes left and right stereo input signals to infer

depth, which may change over time. The depth processing system 110 can then

vary the phase and/or amplitude decorrelation between the input signals over

time to create this sense of depth.

[0040] FIGURES 3A through 3D illustrate more detailed embodiments

of depth processing systems 3 10. In particular, FIGURE 3A illustrates a depth

processing system 3 1OA that renders a depth effect based on stereo and/or

video inputs. FIGURE 3B illustrates a depth processing system 3 1OB that

creates a depth effect based on surround sound and/or video inputs. In FIGURE

3C, a depth processing system 3 1OC creates a depth effect using audio object

information. FIGURE 3D is similar to FIGURE 3A, except that an additional

crosstalk cancellation component is provided. Each of these depth processing

systems 3 10 can implement the features of the depth processing system 110

described above. Further, each of the components shown can be implemented

in hardware and/or software.

[0041] Referring specifically to FIGURE 3A, the depth processing

system 3 1OA receives left and right input signals, which are provided to a depth

estimator 320a. The depth estimator 320a is an example of a signal analysis

component that can analyze the two signals to estimate depth of the audio

represented by the two signals. The depth estimator 320a can generate depth

control signals based on this depth estimate, which a depth renderer 330a can

use to emphasize phase and/or amplitude decorrelation (e.g., ITD and IID

differences) between the two channels. The depth-rendered output signals are

provided to an optional surround processing module 340a in the depicted

embodiment, which can optionally broaden the sound stage and thereby increase

the sense of depth.

[0042] In certain embodiments, the depth estimator 320a analyzes

difference information in the left and right input signals, for example, by

calculating an L-R signal. The magnitude of the L-R signal can reflect depth

information in the two input signals. As described above with respect to

FIGURES 2A and 2B, the L and R signals can become more out-of-phase as a



sound moves closer to a listener. Thus, larger magnitudes in the L-R signal can

reflect closer signals than smaller magnitudes of the L-R signal.

[0043] The depth estimator 320a can also analyze the separate left

and right signals to determine which of the two signals is dominant. Dominance

in one signal can provide clues as to how to adjust ITD and/or IID differences to

emphasize the dominant channel and thereby emphasize depth. Thus, in some

embodiments, the depth estimator 320a creates some or all of the following

control signals: L-R, L, R, and also optionally L+R. The depth estimator 320a

can use these control signals to adjust filter characteristics applied by the depth

renderer 330a (described below).

[0044] In some embodiments, the depth estimator 320a can also

determine depth information based on video information instead of or in addition

to the audio-based depth analysis described above. The depth estimator 320a

can synthesize depth information from three-dimensional video or can generate a

depth map from two-dimensional video. From such depth information, the depth

estimator 320a can generate control signals similar to the control signals

described above. Video-based depth estimation is described in greater detail

below with respect to FIGURES 10A through 12.

[0045] The depth estimator 320a may operate on sample blocks or on

a sample-by-sample basis. For convenience, the remainder of this specification

will refer to block-based implementations, although it should be understood that

similar implementations may be performed on a sample-by-sample basis. In one

embodiment, the control signals generated by the depth estimator 320a include a

block of samples, such as a block of L-R samples, a block of L, R, and/or L+R

samples, and so on. Further, the depth estimator 320a may smooth and/or

detect an envelope of the L-R, L, R, or L+R signals. Thus, the control signals

generated by the depth estimator 320a may include one or more blocks of

samples representing a smoothed version and/or envelope of various signals.

[0046] Using these control signals, the depth estimator 320a can

manipulate filter characteristics of one or more depth rendering filters

implemented by the depth renderer 330a. The depth renderer 330a can receive

the left and right input signals from the depth estimator 320a and apply the one

or more depth rendering filters to the input audio signals. The depth rendering



filter(s) of the depth renderer 330a can create a sense of depth by selectively

correlating and decorrelating the left and right input signals. The depth rendering

module can perform this correlation and decorrelation by manipulating phase

and/or gain differences between the channels, based on the depth estimator

320a output. This decorrelation may be a partial decorrelation or full

decorrelation of the output signals.

[0047] Advantageously, in certain embodiments, the dynamic

decorrelation performed by the depth renderer 330a based on control or steering

information derived from the input signals creates an impression of depth rather

than mere stereo spaciousness. Thus, a listener may perceive a sound source

as popping out of the speakers, dynamically moving toward or away from the

listener. When coupled with video, sound sources represented by objects in the

video can appear to move with the objects in the video, resulting in a 3-D audio

effect.

[0048] In the depicted embodiment, the depth renderer 330a provides

depth-rendered left and right outputs to a surround processor 340a. The

surround processor 340a can broaden the sound stage, thereby widening the

sweet spot of the depth rendering effect. In one embodiment, the surround

processor 340a broadens the sound stage using one or more head-related

transfer functions or the perspective curves described in U.S. Patent No.

7,492,907, attorney docket no. SRSLABS.1 00C2, the disclosure of which is

hereby incorporated by reference in its entirety. In one embodiment, the

surround processor 340a modulates this sound-stage broadening effect based

on one or more of the control or steering signals generated by the depth

estimator 320a. As a result, the sound stage can advantageously be broadened

according to the amount of depth detected, thereby further enhancing the depth

effect. The surround processor 340a can output left and right output signals for

playback to a listener (or for further processing; see, e.g., FIGURE 3D).

However, the surround processor 340a is optional and may be omitted in some

embodiments.

[0049] The depth processing system 3 1OA of FIGURE 3A can be

adapted to process more than two audio inputs. For example, FIGURE 3B

depicts an embodiment of the depth processing system 3 10B that processes 5.1



surround sound channel inputs. These inputs include left front (L), right front (R),

center (C), left surround (LS), right surround (RS), and subwoofer (S) inputs.

[0050] The depth estimator 320b, the depth renderer 320b, and the

surround processor 340b can perform the same or substantially the same

functionality as the depth estimator 320a and depth renderer 320a, respectively.

The depth estimator 320b and depth renderer 320b can treat the LS and RS

signals as separate L and R signals. Thus, the depth estimator 320b can

generate a first depth estimate/control signals based on the L and R signals and

a second depth estimate/control signals based on the LS and RS signals. The

depth processing system 3 10B can output depth-processed L and R signals and

separate depth-processed LS and RS signals. The C and S signals can be

passed through to the outputs, or enhancements can be applied to these signals

as well.

[0051] The surround sound processor 340b may downmix the depth-

rendered L, R, LS, and RS signals (as well as optionally the C and/or S signals)

into two L and R outputs. Alternatively, the surround sound processor 340b can

output full L, R, C, LS, RS, and S outputs, or some other subset thereof.

[0052] Referring to FIGURE 3C, another embodiment of the depth

processing system 3 10C is shown. Rather than receiving discrete audio

channels, in the depicted embodiment, the depth processing system 3 10C

receives audio objects. These audio objects include audio essence (e.g.,

sounds) and object metadata. Examples of audio objects can include sound

sources or objects corresponding to objects in a video (such as a person,

machine, animal, environmental effects, etc.). The object metadata can include

positional information regarding the position of the audio objects. Thus, in one

embodiment depth estimation is not needed, as the depth of an object with

respect to a listener is explicitly encoded in the audio objects. Instead of a depth

estimation module, a filter transform module 320c is provided, which can

generate appropriate depth-rendering filter parameters (e.g., coefficients and/or

delays) based on the object position information. The depth renderer 330c can

then proceed to perform dynamic decorrelation based on the calculated filter

parameters. An optional surround processor 340c is also provided, as described

above.



[0053] The position information in the object metadata may be in the

format of coordinates in three-dimensional space, such as x , y, z coordinates,

spherical coordinates, or the like. The filter transform module 320c can

determine filter parameters that create changing phase and gain relationships

based on changing positions of objects, as reflected in the metadata. In one

embodiment, the filter transform module 320c creates a dual object from the

object metadata. This dual object can be a two-source object, similar to a stereo

left and right input signal. The filter transform module 320c can create this dual

object from a monophone audio essence source and object metadata or a stereo

audio essence source with object metadata. The filter transform module 320c

can determine filter parameters based on the metadata-specified positions of the

dual objects, their velocities, accelerations, and so forth. The positions in three-

dimensional space may be interior points in a sound field surrounding a listener.

Thus, the filter transform module 320c can interpret these interior points as

specifying depth information that can be used to adjust filter parameters of the

depth renderer 330c. The filter transform module 320c can cause the depth

renderer 320c to spread or diffuse the audio as part of the depth rendering effect

in one embodiment.

[0054] As there may be several objects in an audio object signal, the

filter transform module 320c can generate the filter parameters based on the

position(s) of one or more dominant objects in the audio, rather than synthesizing

an overall position estimate. The object metadata may include specific metadata

indicating which objects are dominant, or the filter transform module 320c may

infer dominance based on an analysis of the metadata. For example, objects

having metadata indicating that they should be rendered louder than other

objects can be considered dominant, or objects that are closer to a listener can

be dominant, and so forth.

[0055] The depth processing system 3 10C can process any type of

audio object, including MPEG-encoded objects or the audio objects described in

U.S. Application No. 12/856,442, filed August 13, 201 0, titled Object-Oriented

Audio Streaming System," attorney docket no. SRSLABS.501 A 1 , the disclosure

of which is hereby incorporated by reference in its entirety. In some

embodiments, the audio objects may include base channel objects and extension



objects, as described in U.S. Provisional Application No. 61/451 ,085, filed March

9, 201 1, titled "System for Dynamically Creating and Rendering Audio Objects,"

the disclosure of which is hereby incorporated by reference in its entirety. Thus,

in one embodiment the depth processing system 3 10C may perform depth

estimation (using, e.g., a depth estimator 320) from the base channel objects and

may also perform filter transform modulation (block 320c) based on the extension

objects and their respective metadata. In other words, audio object metadata

may be used in addition to or instead of channel data for determining depth.

[0056] In FIGURE 3D, another embodiment of the depth processing

system 3 1Od is shown. This depth processing system 3 1Od is similar to the

depth processing system 3 10a of FIGURE 3A, with the addition of a crosstalk

canceller 350a. While the crosstalk canceller 350a is shown together with the

features of the processing system 3 10a of FIGURE 3A, the crosstalk canceller

350a can actually be included in any of the preceding depth processing systems.

The crosstalk canceller 350a can advantageously improve the quality of the

depth rendering effect for some speaker arrangements.

[0057] Crosstalk can occur in the air between two stereo speakers and

the ears of a listener, such that sounds from each speaker reach both ears

instead of being localized to one ear. In such situations, a stereo effect is

degraded. Another type of crosstalk can occur in some speaker cabinets that are

designed to fit in tight spaces, such as underneath televisions. These downward

facing stereo speakers often do not have individual enclosures. As a result,

backwave sounds emanating from the back of these speakers (which can be

inverted versions of the sounds emanating from the front) can create a form of

crosstalk with each other due to backwave mixing. This backwaving mixing

crosstalk can diminish or completely cancel the depth rendering effects described

herein.

[0058] To combat these effects, the crosstalk canceller 350a can

cancel or otherwise reduce crosstalk between the two speakers. In addition to

facilitating better depth rendering for television speakers, the crosstalk canceller

350a can facilitate better depth rendering for other speakers, including back-

facing speakers on cell phones, tablets, and other portable electronic devices.

One example of a crosstalk canceller 350 is shown in more detail in FIGURE 3E.



This crosstalk canceller 350b represents one of many possible implementations

of the crosstalk canceller 350a of FIGURE 3D.

[0059] The crosstalk canceller 350b receives two signals, left and right,

which have been processed with depth effects as described above. Each signal

is inverted by an inverter 352, 362. The output of each inverter 352, 362 is

delayed by a delay block 354, 364. The output of the delay block is summed with

an input signal at summer 356, 366. Thus, each signal is inverted, delayed, and

summed with the opposite input signal to produce an output signal. If the delay

is chosen correctly, the inverted and delayed signal should cancel out or at least

partially reduce the crosstalk due to backwave mixing (or other crosstalk).

[0060] The delay in the delay blocks 354, 364 can represent the

difference in sound wave travel time between two ears and can depend on the

distance of the listener to the speakers. The delay can be set by a manufacturer

for a device incorporating the depth processing system 110, 3 10 to match an

expected delay for most users of the device. A device where the user sits close

to the device (such as a laptop) is likely to have a shorter delay than a device

where the user sits far from the device (such as a television). Thus, delay

settings can be customized based on the type of device used. These delay

settings can be exposed in a user interface for selection by a user (e.g., the

manufacturer of the device, installer of software on the device, or end-user, etc.).

Alternatively, the delay can be preset. In another embodiment, the delay can

change dynamically based on position information obtained about a position of a

listener relative to the speakers. This position information can be obtained from

a camera or optical sensor, such as the Xbox™ Kinect™ available from

Microsoft™ Corporation.

[0061] Other forms of crosstalk cancellers may be used that may also

include head-related transfer function (HRTF) filters or the like. If the surround

processor 340, which may already include HRTF-derived filters, were removed

from the system, adding HRTF filters to the crosstalk canceller 350 may provide

a larger sweet spot and sense of spaciousness. Both the surround processor

340 and the crosstalk canceller 350 can include HRTF filters in some

embodiments.



[0062] FIGURE 4 illustrates an embodiment of a depth rendering

process 400 that can be implemented by any of the depth processing systems

110, 3 10 described herein or by other systems not described herein. The depth

rendering process 400 illustrates an example approach for rendering depth to

create an immersive audio listening experience.

[0063] At block 402, input audio including one or more audio signals is

received. The two or more audio signals can include left and right stereo signals,

5.1 surround signals as described above, other surround configurations (e.g.,

6.1 , 7.1 , etc.), audio objects, or even monophonic audio that the depth

processing system can convert to stereo prior to depth rendering. At block 404,

depth information associated with the input audio over a period of time is

estimated. The depth information may be estimated directly from an analysis of

the audio itself, as described above (see also FIGURE 5), from video information,

from object metadata, or from any combination of the same.

[0064] The one or more audio signals are dynamically decorrelated by

an amount that depends on the estimated depth information at block 406. The

decorrelated audio is output at block 408. This decorrelation can involve

adjusting phase and/or gain delays between two channels of audio dynamically

based on the estimated depth. The estimated depth can therefore act as a

steering signal that drives the amount of decorrelation created. As sound

sources in the input audio move from one speaker to another, the decorrelation

can change dynamically in a corresponding fashion. For instance, in a stereo

setting, if a sound moves from a left to right speaker, the left speaker output may

first be emphasized, followed by the right speaker output being emphasized as

the sound source moves to the right speaker. In one embodiment, decorrelation

can effectively result in increasing the difference between two channels,

producing a greater L-R or LS-RS value.

[0065] FIGURE 5 illustrates a more detailed embodiment of a depth

estimator 520. The depth estimator 520 can implement any of the features of the

depth estimators 320 described above. In the depicted embodiment, the depth

estimator 520 estimates depth based on left and right input signals and provides

outputs to a depth renderer 530. The depth estimator 520 can also be used to

estimate depth from left and right surround input signals. Further, embodiments



of the depth estimator 520 can be used in conjunction with video depth

estimators or object filter transform modules described herein.

[0066] The left and right signals are provided to sum and difference

blocks 502, 504. In one embodiment, the depth estimator 520 receives a block

of left and right samples at a time. The remainder of the depth estimator 520 can

therefore manipulate the block of samples. The sum block 502 produces an L+R

output, while the difference block 504 produces an L-R output. Each of these

outputs, along with the original inputs, is provided to an envelope detector 5 10.

[0067] The envelope detector 5 10 can use any of a variety of

techniques to detect envelopes in the L+R, L-R, L, and R signals (or a subset

thereof). One envelope detection technique is to take a root-mean square (RMS)

value of a signal. Envelope signals output by the envelope detector 5 10 are

therefore shown as RMS(L-R), RMS(L), RMS(R), and RMS(L+R). These RMS

outputs are provided to a smoother 5 12, which applies a smoothing filter to the

RMS outputs. Taking the envelope and smoothing the audio signals can smooth

out variations (such as peaks) in the audio signals, thereby avoiding or reducing

subsequent abrupt or jarring changes in depth processing. In one embodiment,

the smoother 5 12 is a fast-attack, slow-decay (FASD) smoother. In another

embodiment, the smoother 5 12 can be omitted.

[0068] The outputs of the smoother 5 12 are denoted as RMS()' in

FIGURE 5. The RMS(L+R)' signal is provided to a depth calculator 524. As

described above, the magnitude of the L-R signal can reflect depth information in

the two input signals. Thus, the magnitude of the RMS and smoothed L-R signal

can also reflect depth information. For example, larger magnitudes in the

RMS(L-R)' signal can reflect closer signals than smaller magnitudes of the

RMS(L-R)' signal. Said another way, the values of the L-R or RMS(L-R)' signal

reflect the degree of correlation between the L-R signals. In particular, the L-R or

RMS(L-R)' (or RMS(L-R)) signal can be an inverse indicator of the interaural

cross-correlation coefficient (IACC) between the left and right signals. (If the L

and R signals are highly correlated, for example, their L-R value will be close to

0, while their IACC value will be close to 1, and vice versa.)

[0069] Since the RMS(L-R)' signal can reflect the inverse correlation

between L and R signals, the RMS(L-R)' signal can be used to determine how



much decorrelation to apply between the L and R output signals. The depth

calculator 524 can further process the RMS(L-R)' signal to provide a depth

estimate, which can be used to apply decorrelation to the L and R signals. In

one embodiment, the depth calculator 524 normalizes the RMS(L-R)' signal. For

example, the RMS values can be divided by a geometric mean (or other mean or

statistical measure) of the L and R signals (e.g., (RMS(L)'* RMS(R)') (1/2)) to

normalize the envelope signals. Normalization can help ensure that fluctuations

in signal level or volume are not misinterpreted as fluctuations in depth. Thus, as

shown in FIGURE 5, the RMS(L)' and RMS(R)' values are multiplied together at

multiplication block 538 and provided to the depth calculator 524, which can

complete the normalization process.

[0070] In addition to normalizing the RMS(L-R)' signal, the depth

calculator 524 can also apply additional processing. For instance, the depth

calculator 524 may apply non-linear processing to the RMS(L-R)' signal. This

non-linear processing can accentuate the magnitude of the RMS(L-R)' signal to

thereby nonlinearly emphasize the existing decorrelation in the RMS(L-R)' signal.

Thus, fast changes in the L-R signal can be emphasized even more than slow

changes to the L-R signal. The non-linear processing is a power function or

exponential in one embodiment, or greater than linear increase in another

embodiment. For example, the depth calculator 524 can use an exponential

function such as x a, where x = RMS(L-R)' and a > 1. Other functions, including

different forms of exponential functions, may be chosen for the nonlinear

processing.

[0071] The depth calculator 524 provides the normalized and

nonlinear-processed signal as a depth estimate to a coefficient calculation block

534 and to a surround scale block 536. The coefficient calculation block 534

calculates coefficients of a depth rendering filter based on the magnitude of the

depth estimate. The depth rendering filter is described in greater detail below

with respect to FIGURES 6A and 6B. However, it should be noted that in

general, the coefficients generated by the calculation block 534 can affect the

amount of phase delay and/or gain adjustment applied to the left and right audio

signals. Thus, for example, the calculation block 534 can generate coefficients

that produce greater phase delay for greater values of the depth estimate and



vice versa. In one embodiment, the relationship between phase delay generated

by the calculation block 534 and the depth estimate is nonlinear, such as a power

function or the like. This power function can have a power that is optionally a

tunable parameter based on the closeness of a listener to the speakers, which

may be determined by the type of device in which the depth estimator 520 is

implemented. Televisions may have a greater expected listener distance than

cell phones, for example, and thus the calculation block 534 can tune the power

function differently for these or other types of devices. The power function

applied by the calculation block 534 can magnify the effect of the depth estimate,

resulting in coefficients of the depth rendering filter that result in an exaggerated

phase and/or amplitude delay. In another embodiment, the relationship between

the phase delay and the depth estimate is linear instead of nonlinear (or a

combination of both).

[0072] The surround scale module 536 can output a signal that adjusts

an amount of surround processing applied by the optional surround processor

340. The amount of decorrelation or spaciousness in the L-R content, as

calculated by the depth estimate, can therefore modulate the amount of surround

processing applied. The surround scale module 536 can output a scale value

that has greater values for greater values of the depth estimate and lower values

for lower values of the depth estimate. In one embodiment, the surround scale

module 536 applies nonlinear processing, such as a power function or the like, to

the depth estimate to produce the scale value. For example, the scale value can

be some function of a power of the depth estimate. In other embodiments, the

scale value and the depth estimate have a linear instead of nonlinear relationship

(or a combination of both). More detail on the processing applied by the scale

value is described below with respect to FIGURES 13 through 17.

[0073] Separately, the RMS(L)' and RMS(R)' signals are also provided

to a delay and amplitude calculation block 540. The calculation block 540 can

calculate the amount of delay to be applied in the depth rendering filter (FIGURE

6A and 6B), for example, by updating a variable delay line pointer. In one

embodiment, the calculation block 540 determines which of the L and R signals

(or their RMS()' equivalent) is dominant or higher in level. The calculation block

540 can determine this dominance by taking a ratio of the two signals, as



RMS(L)7RMS(R)', with values greater than 1 indicating left dominance and less

than 1 indicating right dominance (or vice versa if the numerator and

denominator are reversed). Alternatively, the calculation block 540 can perform

a simple difference of the two signals to determine the signal with the greater

magnitude.

[0074] If the left signal is dominant, the calculation block 540 can adjust

a left portion of the depth rendering filter (FIGURE 6A) to decrease the phase

delay applied to the left signal. If the right signal is dominant, the calculation

block 540 can perform the same for the filter applied to the right signal (FIGURE

6B). As the dominance in the signals changes, the calculation block 540 can

change the delay line values for the depth rendering filter, causing a push-pull

change in phase delays over time between the left and right channels. This

push-pull change in phase delay can be at least partly responsible for selectively

increasing decorrelation between the channels and increasing correlation

between the channels (e.g., during times when dominance changes). The

calculation block 540 can fade between left and right delay dominance in

response to changes in left and right signal dominance to avoid outputting jarring

changes or signal artifacts.

[0075] Further, the calculation block 540 can calculate an overall gain

to be applied to left and right channels based on the ratio of the left and right

signals (or processed, e.g., RMS, values thereof). The calculation block 540 can

change these gains in a push-pull fashion, similar to the push-pull change of the

phase delays. For example, if the left signal is dominant, then the calculation

block 540 can amplify the left signal and attenuate the right signal. As the right

signal becomes dominant, the calculation block 540 can amplify the right signal

and attenuate the left signal, and so on. The calculation block 540 can also

crossfade gains between channels to avoid jarring gain transitions or signal

artifacts.

[0076] Thus, in certain embodiments, the delay and amplitude

calculator calculates parameters that cause the depth renderer 530 to

decorrelate in phase delay and/or gain. In effect, the delay and amplitude

calculator 540 can cause the depth renderer 530 to act as a magnifying glass or

amplifier that amplifies existing phase and/or gain decorrelation between left and



right signals. Either solely phase delay decorrelation or gain decorrelation may

be performed in any given embodiment.

[0077] The depth calculator 524, coefficient calculation block 534, and

calculation block 540 can work together to control the depth Tenderer's 530 depth

rendering effect. Accordingly, in one embodiment, the amount of depth

rendering brought about by decorrelation can depend on possibly multiple

factors, such as the dominant channel and the (optionally processed) difference

information (e.g., L-R and the like). As will be described in greater detail below

with respect to FIGURES 6A and 6B, the coefficient calculation from block 534

based on the difference information can turn on or off a phase delay effect

provided by the depth renderer 530. Thus, in one embodiment, the difference

information effectively controls whether phase delay is performed, while the

channel dominance information controls the amount of phase delay and/or gain

decorrelation is performed. In another embodiment, the difference information

also affects the amount of phase decorrelation and/or gain decorrelation

performed.

[0078] In other embodiments than those shown, the output of the depth

calculator 524 can be used to control solely an amount of phase and/or

amplitude decorrelation, while the output of the calculation block 540 can be

used to control coefficient calculation (e.g., can be provided to the calculation

block 534). In another embodiment, the output of the depth calculator 524 is

provided to the calculation block 540, and the phase and amplitude decorrelation

parameter outputs of the calculation block 540 are controlled based on both the

difference information and the dominance information. Similarly, the coefficient

calculation block 534 could take additional inputs from the calculation block 540

and compute the coefficients based on both difference information and

dominance information.

[0079] The RMS(L+R)' signal is also provided to a non-linear

processing (NLP) block 522 in the depicted embodiment. The NLP block 522

can perform similar NLP processing to the RMS(L+R)' signal as was applied by

the depth calculator 524, for example, by applying an exponential function to the

RMS(L+R)' signal. In many audio signals, the L+R information includes dialog

and is often used as a replacement for a center channel. Emphasizing the value



of the L+R block via nonlinear processing can be useful in determining how much

dynamic range compression to apply to the L+R or C signal. Greater values of

compression can result in louder and therefore clearer dialog. However, if the

value of the L+R signal is very low, no dialog may be present, and therefore the

amount of compression applied can be reduced. Thus, the output of the NLP

block 522 can be used by a compression scale block 550 to adjust the amount of

compression applied to the L+R or C signal.

[0080] It should be noted that many aspects of the depth estimator 520

can be modified or omitted in different implementations. For instance, the

envelope detector 5 10 or smoother 5 12 may be omitted. Thus, depth

estimations can be made based directly on the L-R signal, and signal dominance

can be based directly on the L and R signals. Then, the depth estimate and

dominance calculations (as well as compression scale calculations based on

L+R) can be smoothed instead of smoothing the input signals. Further, in

another embodiment, the L-R signal (or a smoothed/envelope version thereof) or

the depth estimate from the depth calculator 524 can be used to adjust the delay

line pointer calculation in the calculation block 540. Likewise, the dominance

between L and R signals (e.g., as calculated by a ratio or difference) can be used

to manipulate the coefficient calculations in block 534. The compression scale

block 550 or surround scale block 536 may be omitted as well. Many other

additional aspects may also be included in the depth estimator 520, such as

video depth estimation, which is described in greater detail below.

[0081] FIGURES 6A and 6B illustrate embodiments of depth Tenderers

630a, 630b and represent more detailed embodiments of the depth Tenderers

330, 530 described above. The depth renderer 630a in FIGURE 6A applies a

depth rendering filter for the left channel, while the depth renderer 630b in

FIGURE 6B applies a depth rendering filter for the right channel. The

components shown in each FIGURE are therefore the same (although

differences may be provided between the two filters in some embodiments).

Thus, for convenience, the depth renders 630a, 630b will be described

generically as a single depth renderer 630.

[0082] The depth estimator 520 described above (and reproduced in

FIGURES 6A and 6B) can provide several inputs to the depth renderer 630.



These inputs include one or more delay line pointers provided to variable delay

lines 6 10, 622, feedforward coefficients applied to multiplier 602, feedback

coefficients applied to multiplier 6 16, and an overall gain value applied to

multiplier 624 (e.g., obtained from block 540 of FIGURE 5).

[0083] The depth renderer 630 is, in certain embodiments, an all-pass

filter that can adjust the phase of the input signal. In the depicted embodiment,

the depth renderer 630 is an infinite impulse response (MR) filter having a feed

forward component 632 and a feedback component 634. In one embodiment,

the feedback component 634 can be omitted to obtain a substantially similar

phase-delay effect. However, without the feedback component 634, a comb-filter

effect can occur that potentially causes some audio frequencies to be nulled or

otherwise attenuated. Thus, the feedback component 634 can advantageously

reduce or eliminate this comb-filter effect. The feed-forward component 632

represents the zeros of the filter 630A, while the feedback component represents

the poles of the filter (see FIGURES 7 and 8).

[0084] The feed-forward component 632 includes a variable delay line

6 10, a multiplier 602, and a combiner 6 12. The variable delay line 6 10 takes as

input the input signal (e.g., the left signal in FIGURE 6A), delays the signal

according to an amount determined by the depth estimator 520, and provides the

delayed signal to the combiner 6 12. The input signal is also provided to the

multiplier 602, which scales the signal and provides the scaled signal to the

combiner 6 12. The multiplier 602 represents the feed-forward coefficient

calculated by the coefficient calculation block 534 of FIGURE 5.

[0085] The output of the combiner 6 12 is provided to the feedback

component 634, which includes a variable delay line 622, a multiplier 6 16, and a

combiner 6 14. The output of the feed-forward component 632 is provided to the

combiner 6 14, which provides an output to the variable delay line 622. The

variable delay line 622 has a corresponding delay to the delay of the variable

delay line 6 10 and depends on an output by the depth estimator 520 (see

FIGURE 5). The output of the delay line 622 is a delayed signal that is provided

to the multiplier block 6 16. The multiplier block 6 16 applies the feedback

coefficient calculated by the coefficient calculation block 534 (see FIGURE 5).

The output of this block 6 16 is provided to the combiner 6 14, which also provides



an output to a multiplier 624. This multiplier 624 applies an overall gain

(described below) to the output of the depth rendering filter 630.

[0086] The multiplier 602 of the feed-forward component 632 can

control a wet/dry mix of the input signal plus the delayed signal. More gain

applied to the multiplier 602 can increase the amount of input signal (the dry or

less reverberant signal) versus the delayed signal (the wet or more reverberant

signal), and vice versa. Applying less gain to the input signal can cause the

phase-delayed version of the input signal to predominate, emphasizing a depth

effect, and vice versa. An inverted version of this gain (not shown) may be

included in the variable delay block 6 10 to compensate for the extra gain applied

by the multiplier 602. The gain of the multiplier 6 16 can be chosen to correspond

with the gain 602 so as to appropriately cancel out the comb-filter nulls. The gain

of the multiplier 602 can therefore, in certain embodiments, modulate a time-

varying wet-dry mix.

[0087] In operation, the two depth rendering filters 630A, 630B can be

controlled by the depth estimator 520 to selectively correlate and decorrelate the

left and right input signals (or LS and RS signals). To create an interaural time

delay and therefore a sense of depth coming from the left (assuming that greater

depth is detected from the left), the left delay line 6 10 (FIGURE 6A) can be

adjusted in one direction while adjusting the right delay line 6 10 (FIGURE 6B) in

the opposite direction. Adjusting the delays in an opposite manner between the

two channels can create phase differences between the channels and thereby

decorrelate the channels. Similarly, an interaural intensity difference can be

created by adjusting the left gain (multiplier block 624 in FIGURE 6A) in one

direction while adjusting the right gain (multiplier block 624 in FIGURE 6B) in the

other direction. Thus, as depth in the audio signals shifts between the left and

right channels, the depth estimator 520 can adjust the delays and gains in a

push-pull fashion between the channels. Alternatively, only one of the left and

right delays and/or gains are adjusted at any given time.

[0088] In one embodiment, the depth estimator 520 randomly varies

the delays (in the delay lines 6 10) or gains 624 to randomly vary the ITD and IID

differences in the two channels. This random variation can be small or large, but

subtle random variations can result in a more natural-sounding immersive



environment in some embodiments. Further, as sound sources move farther or

closer away from the listener in the input audio signal, the depth rendering

module can apply linear fading and/or smoothing (not shown) to the output of the

depth rendering filter 630 to provide smooth transitions between depth

adjustments in the two channels.

[0089] In certain embodiments, when the steering signal applied to the

multiplier 602 is relatively large (e.g., > 1) , the depth rendering filter 630 becomes

a maximum phase filter with all zeros outside of the unit circle, and a phase delay

is introduced. An example of this maximum phase effect is illustrated in FIGURE

7A, which shows a pole-zero plot 7 10 having zeros outside of the unit circle. A

corresponding phase plot 730 is shown in FIGURE 7B, showing an example

delay of about 32 samples corresponding to a relatively large value of the

multiplier 602 coefficient. Other delay values can be set by adjusting the value of

the multiplier 602 coefficient.

[0090] When the steering signal applied to the multiplier 602 is

relatively smaller (e.g., < 1) , the depth rendering filter 630 becomes a minimum

phase filter, with its zeros inside the unit circle. As a result, the phase delay is

zero (or close to zero). An example of this minimum phase effect is illustrated in

FIGURE 8A, which shows a pole-zero plot 8 10 having all zeros inside the unit

circle. A corresponding phase plot 830 is shown in FIGURE 8B, showing a delay

of 0 samples.

[0091] FIGURE 9 illustrates an example frequency-domain depth

estimation process 900. The frequency-domain process 900 can be

implemented by any of the systems 110, 3 10 described above and may be used

in place of the time-domain filters described above with respect to FIGURES 6A

through 8B. Thus, depth rendering can be performed in either the time domain

or the frequency domain (or both).

[0092] In general, various frequency domain techniques can be used to

render the left and right signals so as to emphasize depth. For example, the fast

Fourier transform (FFT) can be calculated for each input signal. The phase of

each FFT signal can then be adjusted to create phase differences between the

signals. Similarly, intensity differences can be applied to the two FFT signals.



An inverse-FFT can be applied to each signal to produce time-domain, rendered

output signals.

[0093] Referring specifically to FIGURE 9, at block 902, a stereo block

of samples is received. The stereo block of samples can include left and right

audio signals. A window function 904 is applied to the block of samples at block

904. Any suitable window function can be selected, such as a Hamming window

or Hanning window. The Fast Fourier Transform (FFT) is computed for each

channel at block 906 to produce a frequency domain signal, and magnitude and

phase information are extracted at block 908 from each channel's frequency

domain signal.

[0094] Phase delays for ITD effects can be accomplished in the

frequency domain by changing the phase angle of the frequency domain signal.

Similarly, magnitude changes for IID effects between the two channels can be

accomplished by panning between the two channels. Thus, frequency

dependent angles and panning are computed at blocks 9 10 and 9 12. These

angles and panning gain values can be computed based at least in part on

control signals output by the depth estimator 320 or 520. For example, a

dominant control signal from the depth estimator 520 indicating that the left

channel is dominant can cause the frequency dependent panning to calculate

gains over a series of samples that will pan to the left channel. Likewise, the

RMS(L-R)' signal or the like can be used to compute phase changes as reflected

in the changing phase angles.

[0095] The phase angles and panning changes are applied to the

frequency domain signals at block 9 14 using a rotation transform, for example,

using polar complex phase shifts. Magnitude and phase information are updated

in each signal at block 9 16. The magnitude and phase information are then

unconverted from polar to Cartesian complex form at block 9 18 to enable inverse

FFT processing. This unconversion step can be omitted in some embodiments,

depending on the choice of FFT algorithm.

[0096] An inverse FFT is computed for each frequency domain signal

at block 920 to produce time domain signals. The stereo sample block is then

combined with a preceding stereo sample block using overlap-add synthesis at

block 922 and then output at block 924.



III. Video Depth Estimation Embodiments

[0097] FIGURES 10A and 10B illustrate examples of video frames

1000 that can be used to estimate depth. In FIGURE 10A, a video frame 1000A

depicts a color scene from a video. A simplified scene has been selected to

more conveniently illustrate depth mapping, although no audio is likely emitted

from any of the objects in the particular video frame 1000A shown. Based on the

color video frame 1000A, a grayscale depth map may be created using currently-

available techniques, as shown in a grayscale frame 1000B in FIGURE 10B.

The intensity of the pixels in the grayscale image reflect the depth of the pixels in

the image, with darker pixels reflecting greater depth and lighter pixels reflecting

less depth (these conventions can be reversed).

[0098] For any given video, a depth estimator (e.g., 320) can obtain a

grayscale depth map for one or more frames in the video and can provide an

estimate of the depth in the frames to a depth renderer (e.g., 330). The depth

renderer can render a depth effect in an audio signal that corresponds to the time

in the video that a particular frame is shown, for which depth information has

been obtained (see FIGURE 11) .

[0099] FIGURE 11 illustrates an embodiment of a depth estimation and

rendering algorithm 1100 that can be used to estimate depth from video data.

The algorithm 1100 receives a grayscale depth map 1102 of a video frame and a

spectral pan audio depth map 1104. An instant in time in the audio depth map

1104 can be selected which corresponds to the time at which the video frame is

played. A correlator 1110 can combine depth information obtained from the

grayscale depth map 1102 with depth information obtained from the spectral pan

audio map (or L-R, L, and/or R signals). The output of this correlator 1110 can

be one or more depth steering signals that control depth rendering by a depth

renderer 1130 (or 330 or 630).

[0100] In certain embodiments, the depth estimator (not shown) can

divide the grayscale depth map into regions, such as quadrants, halves, or the

like. The depth estimator can then analyze pixel depths in the regions to

determine which region is dominant. If a left region is dominant, for instance, the

depth estimator can generate a steering signal that causes the depth renderer



1130 to emphasize left signals. The depth estimator can generate this steering

signal in combination with the audio steering signal(s), as described above (see

FIGURE 5), or independently without using the audio signal.

[0101] FIGURE 12 illustrates an example analysis plot 1200 of depth

based on video data. In the plot 1200, peaks reflect correlation between the

video and audio maps of FIGURE 11. As the location of these peaks change

over time, the depth estimator can decorrelate the audio signals correspondingly

to emphasize the depth in the video and audio signals.

IV. Surround Processing Embodiments

[0102] As described above with respect to FIGURE 3A, depth-rendered

left and right signals are provided to an optional surround processing module

340a. As described above, the surround processor 340a can broaden the sound

stage, thereby widening the sweet spot and increasing the sense of depth, using

one or more perspective curves or the like described in U.S. Patent No.

7,492,907, incorporated above.

[0103] In one embodiment, one of the control signals, the L-R signal (or

a normalized envelope thereof), can be used to modulate the surround

processing applied by the surround processing module (see FIGURE 5).

Because a greater magnitude of the L-R signal can reflect greater depth, more

surround processing can be applied when L-R is relatively greater and less

surround processing can be applied when L-R is relatively smaller. The surround

processing can be adjusted by adjusting a gain value applied to the perspective

curve(s). Adjusting the amount of surround processing applied can reduce the

potentially adverse effects of applying too much surround processing when little

depth is present in the audio signals.

[0104] FIGURES 13 through 16 illustrate embodiments of surround

processors. FIGURES 17 and 18 illustrate embodiments of perspective curves

that can be used by the surround processors to create a virtual surround effect.

[0105] Turning to FIGURE 13, an embodiment of a surround processor

1340 is shown. The surround processor 1340 is a more detailed embodiment of

the surround processor 340 described above. The surround processor 1340

includes a decoder 1380, which may be a passive matrix decoder, Circle



Surround decoder (see U.S. Patent No. 5,771 ,295, titled "5-2-5 Matrix System,"

the disclosure of which is hereby incorporated by reference in its entirety), or the

like. The decoder 1380 can decode left and right input signals (received, e.g.,

from the depth renderer 330a) into multiple signals that can be surround-

processed with perspective curve filter(s) 1390. In one embodiment, the output

of the decoder 1380 includes left, right, center, and surround signals. The

surround signals may include both left and right surround or simply a single

surround signal. In one embodiment, the decoder 1380 synthesizes a center

signal by summing L and R signals (L+R) and synthesizes a rear surround signal

by subtracting R from L (L-R).

[0106] One or more perspective curve filter(s) 1390 can provide a

spaciousness enhancement to the signals output by the decoder 1380, which

can widen the sweet spot for the purposes of depth rendering, as described

above. The spaciousness or perspective effect provided by these filter(s) 1390

can be modulated or adjusted based on L-R difference information, as shown.

This L-R difference information may be processed L-R difference information

according to the envelope, smoothing, and/or normalization effects described

above with respect to FIGURE 5.

[0107] In some embodiments, the surround effect provided by the

surround processor 1340 can be used independently of depth rendering.

Modulation of this surround effect by the difference information in the left and

right signals can enhance the quality of the sound effect independent of depth

rendering.

[0108] More information on perspective curves and surround

processors are described in the following U.S. patents, which can be

implemented in conjunction with the systems and methods described herein:

U.S. Patent No. 7,492,907, titled "Multi-Channel Audio Enhancement System For

Use In Recording And Playback And Methods For Providing Same," U.S. Patent

No. 8,050,434, titled "Multi-Channel Audio Enhancement System," and U.S.

Patent No. 5,970,1 52, titled "Audio Enhancement System for Use in a Surround

Sound Environment," the disclosures of each of which is hereby incorporated by

reference in its entirety.



[0109] FIGURE 14 illustrates a more detailed embodiment of a

surround processor 1400. The surround processor 1400 can be used to

implement any of the features of the surround processors described above, such

as the surround processor 1340. For ease of illustration, no decoder is shown.

Instead, audio inputs ML (left front), MR (right front), Center (CIN), optional

subwoofer (B), left surround (SL), and right surround (SR) are provided to the

surround processor 1400, which applies perspective curve filters 1470, 1406, and

1420 to various mixings of the audio inputs.

[01 10] The signals ML and MR are fed to corresponding gain-adjusting

multipliers 1452 and 1454 which are controlled by a volume adjustment signal

Mvolume. The gain of the center signal C may be adjusted by a first multiplier

1456, controlled by the signal Mvolume, and a second multiplier 1458 controlled

by a center adjustment signal Cvolume. Similarly, the surround signals SL and

SR are first fed to respective multipliers 1460 and 1462 which are controlled by a

volume adjustment signal Svolume.

[01 11] The main front left and right signals, ML and MR, are each fed

to summing junctions 1464 and 1466. The summing junction 1464 has an

inverting input which receives MR and a non-inverting input which receives ML

which combine to produce ML-MR along an output path 1468. The signal

ML-MR is fed to a perspective curve filter 1470 which is characterized by a

transfer function P 1 . A processed difference signal, (ML-MR)p, is delivered at

an output of the perspective curve filter 1470 to a gain adjusting multiplier 1472.

The gain adjusting multiplier 1472 can apply the surround scale 536 setting

described above with respect to FIGURE 5. As a result, the output of the

perspective curve filter 1470 can be modulated based on the difference

information in the L-R signal.

[01 12] The output of the multiplier 1472 is fed directly to a left mixer

1480 and to an inverter 1482. The inverted difference signal (MR-ML)p is

transmitted from the inverter 1482 to a right mixer 1484. A summation signal

ML+MR exits the junction 1466 and is fed to a gain adjusting multiplier 1486. The

gain adjusting multiplier 1486 may also apply the surround scale 536 setting

described above with respect to FIGURE 5 or some other gain setting.



[01 13] The output of the multiplier 1486 is fed to a summing junction

which adds the center channel signal, C, with the signal ML+MR. The combined

signal, ML+MR+C, exits the junction 1490 and is directed to both the left mixer

1480 and the right mixer 1484. Finally, the original signals ML and MR are first

fed through fixed gain adjustment components, e.g., amplifiers, 1490 and 1492,

respectively, before transmission to the mixers 1480 and 1484.

[01 14] The surround left and right signals, SL and SR, exit the

multipliers 1460 and 1462, respectively, and are each fed to summing junctions

1400 and 1402. The summing junction 1401 has an inverting input which

receives SR and a non-inverting input which receives SL which combine to

produce SL-SR along an output path 1404. All of the summing junctions 1464,

1466, 1400, and 1402 may be configured as either an inverting amplifier or a

non-inverting amplifier, depending on whether a sum or difference signal is

generated. Both inverting and non-inverting amplifiers may be constructed from

ordinary operational amplifiers in accordance with principles common to one of

ordinary skill in the art. The signal SL-SR is fed to a perspective curve filter 1406

which is characterized by a transfer function P2.

[01 15] A processed difference signal, (SL-SR)p, is delivered at an

output of the perspective curve filter 1406 to a gain adjusting multiplier 1408.

The gain adjusting multiplier 1408 can apply the surround scale 536 setting

described above with respect to FIGURE 5. This surround scale 536 setting may

be the same or different than that applied by the multiplier 1472. In another

embodiment, the multiplier 1408 is omitted or is dependent on a setting other

than the surround scale 536 setting.

[01 16] The output of the multiplier 1408 is fed directly to the left mixer

1480 and to an inverter 14 10. The inverted difference signal (SR-SL)p is

transmitted from the inverter 14 10 to the right mixer 1484. A summation signal

SL+SR exits the junction 1402 and is fed to a separate perspective curve filter

1420 which is characterized by a transfer function P3. A processed summation

signal, (SL+SR)p, is delivered at an output of the perspective curve filter 1420 to

a gain adjusting multiplier 1432. The gain adjusting multiplier 1432 can apply the

surround scale 536 setting described above with respect to FIGURE 5. This

surround scale 536 setting may be the same or different than that applied by the



multipliers 1472, 1408. In another embodiment, the multiplier 1432 is omitted or

is dependent on a setting other than the surround scale 536 setting.

[01 17] While reference is made to sum and difference signals, it should

be noted that use of actual sum and difference signals is only representative.

The same processing can be achieved regardless of how the ambient and

monophonic components of a pair of signals are isolated. The output of the

multiplier 1432 is fed directly to the left mixer 1480 and to the right mixer 1484.

Also, the original signals SL and SR are first fed through fixed-gain amplifiers

1430 and 1434, respectively, before transmission to the mixers 1480 and 1484.

Finally, the low-frequency effects channel, B, is fed through an amplifier 1436 to

create the output low-frequency effects signal, BOUT. Optionally, the low

frequency channel, B, may be mixed as part of the output signals, LOUT and

ROUT, if no subwoofer is available.

[01 18] Moreover, the perspective curve filter 1470, as well as the

perspective curve filters 1406 and 1420, may employ a variety of audio

enhancement techniques. For example, the perspective curve filters 1470, 1406,

and 1420 may use time-delay techniques, phase-shift techniques, signal

equalization, or a combination of all of these techniques to achieve a desired

audio effect.

[01 19] In an embodiment, the surround processor 1400 uniquely

conditions a set of multi-channel signals to provide a surround sound experience

through playback of the two output signals LOUT and ROUT. Specifically, the

signals ML and MR are processed collectively by isolating the ambient

information present in these signals. The ambient signal component represents

the differences between a pair of audio signals. An ambient signal component

derived from a pair of audio signals is therefore often referred to as the

"difference" signal component. While the perspective curve filters 1470, 1406,

and 1420 are shown and described as generating sum and difference signals,

other embodiments of perspective curve filters 1470, 1406, and 1420 may not

distinctly generate sum and difference signals at all.

[0120] In addition to processing of 5.1 surround audio signal sources,

the surround processor 1400 can automatically process signal sources having

fewer discrete audio channels. For example, if Dolby Pro-Logic signals or



passive-matrix decoded signals (see FIGURE 13) are input by the surround

processor 1400, e.g., where SL=SR, only the perspective curve filter 1420 may

operate in one embodiment to modify the rear channel signals since no ambient

component will be generated at the junction 1400. Similarly, if only two-channel

stereo signals, ML and MR, are present, then the surround processor 1400

operates to create a spatially enhanced listening experience from only two

channels through operation of the perspective curve filter 1470.

[0121] FIGURE 15 illustrates example perspective curves 1500 that

can be implemented by any of the surround processors described herein. These

perspective curves 1500 are front perspective curves in one embodiment, which

can be implemented by the perspective curve filter 1470 of FIGURE 14. FIGURE

15 depicts an input 1502, a - 15 dBFSs log sweep and also depicts traces 1504,

1506, and 1508 that show example magnitude responses of a perspective curve

filter over the displayed frequency range.

[0122] While the response shown by the traces in FIGURES 15 are

shown throughout the entire 20 Hz to 20 kHz frequency range, these response in

certain embodiments need not be provided through the entire audible range. For

example, in certain embodiments, certain of the frequency responses can be

truncated to, for instance, a 40 Hz to 10 kHz range with little or no loss of

functionality. Other ranges may also be provided for the frequency responses.

[0123] In certain embodiments, the traces 1504, 1506 and 1508

illustrate example frequency responses of one or more of the perspective filters

described above, such as the front or (optionally) rear perspective filters. These

traces 1504, 1506, 1508 represent different levels of the perspective curve filters

based on the surround scale 536 setting of FIGURE 5. A greater magnitude of

the surround scale 536 setting can result in a greater magnitude curve (e.g.,

curve 1404), while lower magnitudes of the surround scale 536 setting can result

in lower magnitude curves (e.g., 1406 or 1408). The actual magnitudes shown

are merely examples only and can be varied. Further, more than three different

magnitudes can be selected based on the surround scale value 536 in certain

embodiments.

[0124] In more detail, the trace 1504 starts at about - 16 dBFS at about

20 Hz, and increases to about - 1 1 dBFS at about 100 Hz. Thereafter, the trace



1504 decreases to about - 17.5 dBFS at about 2 kHz and thereafter increases to

about - 12.5 dBFS at about 15 kHz. The trace 1506 starts at about - 14 dBFS at

about 20 Hz, and it increases to about - 10 dBFS at about 100 Hz, and decreases

to about - 16 dBFS at about 2 kHz, and increases to about - 1 1 dBFS at about 15

kHz. The trace 1508 starts at about - 12.5 dBFS at about 20 Hz, and increases to

about -9 dBFS at about 100 Hz, and decreases to about - 14.5 dBFS at about 2

kHz, and increases to about - 10.2 dBFS at about 15 kHz.

[0125] As shown in the depicted embodiments of traces 1504, 1506,

and 1508, frequencies in about the 2 kHz range are de-emphasized by the

perspective filter, and frequencies at about 100 Hz and about 15 kHz are

emphasized by the perspective filters. These frequencies may be varied in

certain embodiments.

[0126] FIGURE 16 illustrates another example of perspective curves

1600 that can be implemented by any of the surround processors described

herein. These perspective curves 1600 are rear perspective curves in one

embodiment, which can be implemented by the perspective curve filters 1406 or

1420 of FIGURE 14. As in FIGURE 15, an input log frequency sweep 16 10 is

shown, resulting in the output traces 1620, 1630 of two different perspective

curve filters.

[0127] In one embodiment, the perspective curve 1620 corresponds to

a perspective curve filter applied to a surround difference signal. For example,

the perspective curve 1620 can be implemented by the perspective curve filter

1406. The perspective curve 1620 corresponds in certain embodiments to a

perspective curve filter applied to a surround sum signal. For instance, the

perspective curve 1630 can be implemented by the perspective curve filter 1420.

Effective magnitudes of the curves 1620, 1630 can vary based on the surround

scale 536 setting described above.

[0128] In more detail, in the example embodiment shown, the curve

1620 has an approximately flat gain at about - 10 dBFS, which attenuates to a

trough occurring between about 2 kHz and about 4 kHz, or at approximately

between 2.5 kHz and 3 kHz. From this trough, the curve 1620 increases in

magnitude until about 11 kHz, or between about 10 kHz and 12 kHz, where a

peak occurs. After this peak, the curve 1620 attenuates again until about 20 kHz



or less. The curve 1630 has a similar structure but with less pronounced peaks

and troughs, with a flat curve until a trough at about 3 kHz (or between about 2

kHz and 4 khz), and a peak about 11 kHz (or between about 10 kHz and 1 kHz),

with attenuation to about 20 kHz or less.

[0129] The curves shown are merely examples and can be varied in

different embodiments. For example, a high pass filter can be combined with the

curves to change the flat low-frequency response to an attenuating low-frequency

response.

V. Terminology

[0130] Many other variations than those described herein will be

apparent from this disclosure. For example, 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 algorithms). 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. In addition, different tasks or processes

can be performed by different machines and/or computing systems that can

function together.

[0131] The various illustrative logical blocks, modules, and algorithm

steps described in connection with the embodiments 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.



[0132] 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 configuration. Although described herein primarily with respect

to digital technology, a processor may also include primarily analog components.

For example, any of the signal processing algorithms described herein may be

implemented in analog circuitry. A computing environment can include any type

of computer system, including, but not limited to, a computer system based on a

microprocessor, a mainframe computer, a digital signal processor, a portable

computing device, a personal organizer, a device controller, and a computational

engine within an appliance, to name a few.

[0133] 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 non-transitory computer-readable storage

medium, media, or physical computer storage 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.



[0134] 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. The terms "comprising," "including,"

"having," and the like are synonymous and are used inclusively, in an open-

ended fashion, and do not exclude additional elements, features, acts,

operations, and so forth. Also, the term "or" is used in its inclusive sense (and

not in its exclusive sense) so that when used, for example, to connect a list of

elements, the term "or" means one, some, or all of the elements in the list.

[0135] While the above detailed description has shown, described, and

pointed out novel features as applied to various embodiments, it will be

understood that various omissions, substitutions, and changes in the form and

details of the devices or algorithms illustrated can be made without departing

from the spirit of the disclosure. As will be recognized, certain embodiments of

the inventions described herein can be embodied within a form that does not

provide all of the features and benefits set forth herein, as some features can be

used or practiced separately from others.



WHAT IS CLAIMED IS:

1. A method of rendering depth in an audio output signal, the method

comprising:

receiving a plurality of audio signals;

identifying first depth steering information from the audio signals at

a first time;

identifying subsequent depth steering information from the audio

signals at a second time;

decorrelating, by one or more processors, the plurality of audio

signals by a first amount that depends at least partly on the first depth

steering information to produce first decorrelated audio signals;

outputting the first decorrelated audio signals for playback to a

listener;

subsequent to said outputting, decorrelating the plurality of audio

signals by a second amount different from the first amount, the second

amount depending at least partly on the subsequent depth steering

information to produce second decorrelated audio signals; and

outputting the second decorrelated audio signals for playback to the

listener.

2. The method of claim 1, wherein said decorrelating the plurality of

audio signals by a first amount comprises dynamically adjusting one or both of a

delay and a gain applied to the plurality of audio signals.

3. The method of claims 1 or 2, further comprising processing the first

and second decorrelated audio signals with a surround enhancement to widen a

sound image of the first and second decorrelated audio signals.

4. The method of claim 3, further comprising modulating an amount of

the surround enhancement applied to the first and second decorrelated audio

signals based at least in part on the first and subsequent depth steering

information.

5. The method of claim 4, further comprising reducing backwave

crosstalk in the first and second decorrelated audio signals.



6. A method of rendering depth in an audio output signal, the method

comprising:

receiving a plurality of audio signals;

identifying depth steering information, the depth steering

information changing over time;

decorrelating the plurality of audio signals dynamically over time,

based at least partly on the depth steering information, to produce a

plurality of decorrelated audio signals; and

outputting the plurality of decorrelated audio signals for playback to

a listener;

wherein at least said decorrelating is implemented by electronic

hardware.

7. The method of claim 6, wherein the plurality of audio signals

comprise a left audio signal and a right audio signal.

8. The method of claim 7, wherein said identifying the depth steering

information comprises estimating a depth in the audio signals based at least

partly on difference information between the left and right audio signals.

9. The method of claims 6, 7 , or 8, wherein said identifying the depth

steering information comprises estimating a depth in the audio signals based at

least partly on video information associated with a video corresponding to the

plurality of audio signals.

10. The method of any of claims 6 through 9, wherein the audio signals

comprise object metadata comprising position information.

11. The method of claim 10, wherein said identifying the depth steering

information comprises converting the position information of the audio objects

into the depth steering information.

12. The method of any of claims 6 through 11, wherein said

decorrelating the audio signals comprises introducing a dynamically changing

delay into one or more of the audio signals, wherein the delay changes based on

the depth steering signal.

13. The method of claim 12, wherein said decorrelating comprises

increasing a first delay of a first one of the audio signals while simultaneously

decreasing a second delay of a second one of the audio signals.



14. The method of any of claims 6 through 13, wherein said

decorrelating the audio signals comprises applying a dynamically changing gain

to one or more of the audio signals, wherein the gain changes based on the

depth steering signal.

15. The method of claim 14, wherein said decorrelating comprises

increasing a first gain of a first one of the audio signals while simultaneously

decreasing a second gain of a second one of the audio signals.

16. A system for rendering depth in an audio output signal, the system

comprising:

a depth estimator configured to receive two or more audio signals

and to identify depth information associated with the two or more audio

signals; and

a depth renderer comprising one or more processors, the depth

renderer configured to decorrelate the two or more audio signals

dynamically over time based at least partly on the depth information to

produce a plurality of decorrelated audio signals, and output the plurality

of decorrelated audio signals.

17. The system of claim 16, wherein the depth estimator is further

configured to identify depth information from normalized difference information

associated with the two or more audio signals.

18. The system of claims 16 or 17, wherein the depth estimator is

further configured to identify depth information based at least partly on

determining which of the two or more audio signals is dominant.

19. The system of claim 16, 17, or 18, wherein the two or more audio

signals comprise a front left audio signal, a front right audio signal, a left surround

audio signal, and a right surround audio signal.

20. The system of claim 19, wherein the depth renderer produces the

plurality of decorrelated audio signals by at least decorrelating the front left audio

signal and the front right audio signal and separately decorrelating the left

surround audio signal and the right surround audio signal.

2 1 . The system of any of claims 16 through 20, wherein the depth

renderer applies a depth rendering filter to the two or more audio signals, the

depth rendering filter comprising a feed-forward component and a feedback



component, and wherein the feedback component is configured to reduce a

comb filter effect generated by the feed-forward component.

22. The system of claim 2 1 , wherein the feedback component is further

configured to eliminate the comb filter effect generated by the feed-forward

component.

23. A method of rendering depth in an audio output signal, the method

comprising:

receiving input audio comprising two or more audio signals;

estimating depth information associated with the input audio, the

depth information changing over time;

enhancing the audio dynamically based on the estimated depth

information, by one or more processors, said enhancing varying

dynamically based on variations in the depth information over time; and

outputting the enhanced audio.

24. The method of claim 22, wherein said estimating the depth

information comprises detecting a degree to which the two or more audio signals

are decorrelated.

25. The method of claim 23, wherein said enhancing comprises

emphasizing the detected decorrelation between the two or more audio signals to

produce rendered audio.

26. The method of claim 24, wherein an amount of said emphasizing is

based at least in part on the degree to which the left and right signals are

decorrelated, such that portions of the rendered audio are configured to sound

closer to a listener during playback than other portions of the audio.

27. A system for rendering depth in an audio output signal, the system

comprising:

a depth estimator configured to receive input audio comprising two

or more audio signals and to estimate depth information associated with

the input audio; and

an enhancement component comprising one or more processors,

the enhancement component configured to enhance the audio

dynamically based on the estimated depth information, said enhancing



varying dynamically based on variations in the depth information over

time.
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