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ADAPTIVE QUANTIZATION
CROSS-REFERENCE TO RELATED APPLICATIONS
[0001]

This application claims the benefit of priority to United States Provisional Patent

Application No. 62/287,348 filed 26 January 2016 and European Patent Application No.
16152783.3 filed 26 January 2016, which are hereby incorporated by reference.

TECHNICAL FIELD
[0001] This disclosure relates to audio data processing. In particular, this disclosure

relates to the efficient coding of audio data.

BACKGROUND
[0002] Since the introduction of sound with film in 1927, there has been a steady

evolution of technology used to capture the artistic intent of the motion picture sound track
and to replay it in a cinema environment. In the 1930s, synchronized sound on disc gave way
to variable area sound on film, which was further improved in the 1940s with theatrical

acoustic considerations and improved loudspeaker design, along with early introduction of
multi-track recording and steerable replay (using control tones to move sounds). In the 1950s
and 1960s, magnetic striping of film allowed multi-channel playback in theatre, introducing

surround channels and up to five screen channels in premium theatres.
[0003] In the 1970s Dolby introduced noise reduction, both in post-production and on

film, along with a cost-effective means of encoding and distributing mixes with 3 screen
channels and a mono surround channel. The quality of cinema sound was further improved
in the 1980s with Dolby Spectral Recording (SR) noise reduction and certification programs
such as THX. Dolby brought digital sound to the cinema during the 1990s with a 5.1 channel
format that provides discrete left, center and right screen channels, left and right surround
arrays and a subwoofer channel for low-frequency effects. Dolby Surround 7.1, introduced in

2010, increased the number of surround channels by splitting the existing left and right
surround channels into four "zones."
[0004] As the number of channels increases and the loudspeaker layout transitions

from a planar two-dimensional (2D) array to a three-dimensional (3D) array including height
speakers, the tasks of authoring and rendering sounds are becoming increasingly complex. In
some instances, the increased complexity has involved a commensurate increase in the
amount of audio data that needs to be stored and/or streamed. Improved methods and devices
would be desirable.

SUMMARY
[0005] Some aspects of the subject matter described in this disclosure involve audio

data that includes audio objects created without reference to any particular reproduction
environment. As used herein, the term "audio object" may refer to a stream of audio signals
and associated audio object metadata. The metadata may indicate at least the position of the

audio object. However, in some examples the metadata also may indicate decorrelation data,

rendering constraint data, content type data (e.g. dialog, effects, etc.), gain data, trajectory
data, etc. Some audio objects may be static, whereas others may have time- varying metadata:

such audio objects may move, may change size and/or may have other properties that change
over time.
[0006] When audio objects are monitored or played back in a reproduction

environment, the audio objects may be rendered according to at least the audio object
position data. The rendering process may involve computing a set of audio object gain values
for each channel of a set of output channels. Each output channel may correspond to one or
more reproduction speakers of the reproduction environment. Accordingly, the rendering

process may involve rendering the audio objects into one or more speaker feed signals based,
at least in part, on audio object metadata. The speaker feed signals may correspond to

reproduction speaker locations within the reproduction environment.
[0007] As described in detail herein, in some implementations a method may involve

receiving audio data that includes a plurality of audio objects. The audio objects may include
audio signals and associated audio object metadata. In some examples, the plurality of audio

objects may correspond to a single frame of audio data. An importance metric, which may be
based at least in part on an energy metric, may be determined for each of the audio objects.
In some implementations, the energy metric may be a perceptual energy metric that

corresponds to human hearing sensitivity as a function of frequency. Some examples may
involve sorting the audio objects according to the energy metric of each audio object.
[0008] Some methods may involve determining a global importance metric for all of

the audio objects, based, at least in part, on a total energy value calculated by summing the
energy metric of each of the audio objects Such methods may involve determining an
estimated quantization bit depth and a quantization error for each of the audio objects. Some
such methods may involve calculating a total noise metric for all of the audio objects.
According to some implementations, the total noise metric may be based, at least in part, on a
total quantization error corresponding with the estimated quantization bit depth.

Alternatively, or additionally, the total noise metric may be based, at least in part, on a
perceptual noise metric that corresponds to human hearing sensitivity as a function of
frequency. Some implementations may involve calculating a total signal-to-noise ratio
corresponding with the total noise metric and the total energy value and determining a final
quantization bit depth for each of the audio objects by determining whether the total signalto-noise ratio is less than or equal to a signal-to noise ratio threshold, and, if it is determined
that the total signal-to-noise ratio exceeds the signal-to-noise ratio threshold, the following
steps are performed iteratively until it is determined that the total signal-to-noise ratio is less

than or equal to the signal-to-noise ratio threshold: identifying an audio object corresponding
with a greatest quantization error, increasing a bit depth for quantizing the audio object
corresponding with the greatest quantization error; recalculating the total noise metric; and
recalculating the total signal-to-noise ratio.
[0009]

The method may involve quantizing the audio signals corresponding to each

of the audio objects according to the final quantization bit depths. Some such examples may
involve outputting quantized audio signals to a lossless encoder.
[0010]

Some such methods may involve: estimating, for each of the audio objects, an

audio object quantization error corresponding to each of a plurality of quantization bit depths;

calculating a total quantization error, for all of the audio objects, corresponding to each of the
plurality of quantization bit depths; and storing, at least temporarily, estimated audio object
quantization errors and calculated total quantization errors.
[0011]

In some examples, determining the estimated quantization bit depth may

involve determining an energy ratio of each audio object's energy metric to the total energy
value and determining the estimated quantization bit depth for each audio object according to
the energy ratio.
[0012]

In some implementations, the importance metric may be based, at least in part,

on the audio object metadata. For example, the metadata may include audio object position
data and the importance metric may be based, at least in part, on the audio object position
data. According to some implementations, the metadata may include audio object priority

data and the importance metric may be based, at least in part, on the audio object priority
data.
[0013]

Some methods may involve dithering the audio signals. The total noise metric

may include dithering noise.

[0014]

At least some of the audio objects may be static audio objects. However, at

least some of the audio objects may be dynamic audio objects that have time-varying
metadata, such as time-varying position data.
[0015]

Some or all of the methods described herein may be performed by one or more

devices according to instructions (e.g., software) stored on non-transitory media. Such nontransitory media may include memory devices such as those described herein, including but
not limited to random access memory (RAM) devices, read-only memory (ROM) devices,
etc. For example, the software may include instructions for controlling one or more devices

for receiving audio data including one or more audio objects. The audio objects may include
audio signals and associated audio object metadata.
[0016]

The software may include instructions for receiving audio data that includes a

plurality of audio objects. The audio objects may include audio signals and associated audio
object metadata. In some examples, the plurality of audio objects may correspond to a single
frame of audio data. An importance metric, which may be based at least in part on an energy
metric, may be determined for each of the audio objects. In some implementations, the

energy metric may be a perceptual energy metric that corresponds to human hearing
sensitivity as a function of frequency. Some examples may involve sorting the audio objects
according to the energy metric of each audio object.
[0017]

The software may include instructions for: determining a global importance

metric for all of the audio objects, based, at least in part, on a total energy value calculated by
summing the energy metric of each of the audio objects; determining an estimated
quantization bit depth and a quantization error for each of the audio objects; calculating a
total noise metric for all of the audio objects, the total noise metric being based, at least in
part, on a total quantization error corresponding with the estimated quantization bit depth;

calculating a total signal-to-noise ratio corresponding with the total noise metric and the total
energy value; and determining a final quantization bit depth for each of the audio objects by
determining whether the total signal-to-noise ratio is less than or equal to a signal-to-noise
ratio threshold, and, if it is determined that the total signal-to-noise ratio exceeds the signalto-noise ratio threshold, performing the following steps iteratively until it is determined that
the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio threshold:

identifying an audio object corresponding with a greatest quantization error; increasing a bit
depth for quantizing the audio object corresponding with the greatest quantization error;
recalculating the total noise metric; and recalculating the total signal-to-noise ratio.

[0018] The software may include instructions for quantizing the audio signals

corresponding to each of the audio objects according to the final quantization bit depths. The
software may include instructions for outputting quantized audio signals to a lossless
encoder.
[0019] The software may include instructions for: estimating, for each of the audio

objects, an audio object quantization error corresponding to each of a plurality of quantization

bit depths; calculating a total quantization error, for all of the audio objects, corresponding to
each of the plurality of quantization bit depths; and storing, at least temporarily, estimated
audio object quantization errors and calculated total quantization errors.
[0020] In some examples, determining the estimated quantization bit depth may

involve determining an energy ratio of each audio object's energy metric to the total energy
value and determining the estimated quantization bit depth for each audio object according to
the energy ratio.

[0021] In some implementations, the importance metric may be based, at least in part,

on the audio object metadata. For example, the metadata may include audio object position

data and the importance metric may be based, at least in part, on the audio object position
data.
[0022] The software may include instructions for dithering the audio signals. The

total noise metric may include dithering noise.
[0023] At least some aspects of this disclosure may be implemented in an apparatus

that includes an interface system and a control system. The control system may include at
least one of a general purpose single- or multi-chip 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, or discrete

hardware components. The interface system may include a network interface. In some
implementations, the apparatus may include a memory system. The interface system may
include an interface between the control system and at least a portion of (e.g., at least one
memory device of) the memory system.
[0024] The control system may be configured to receive, via the interface system,

audio data that includes audio objects. The audio objects may include audio signals and

associated audio object metadata.

[0025] The control system may be configured to: determine a global importance

metric for all of the audio objects, based, at least in part, on a total energy value calculated by
summing the energy metric of each of the audio objects; determine an estimated quantization
bit depth and a quantization error for each of the audio objects; calculate a total noise metric
for all of the audio objects, the total noise metric being based, at least in part, on a total
quantization error corresponding with the estimated quantization bit depth; calculate a total
signal-to-noise ratio corresponding with the total noise metric and the total energy value; and
to determine a final quantization bit depth for each of the audio objects by determining

whether the total signal-to-noise ratio is less than or equal to a signal-to-noise ratio threshold,
and, if it is determined that the total signal-to-noise ratio exceeds the signal-to-noise ratio

threshold, performing the following steps iteratively until it is determined that the total
signal-to-noise ratio is less than or equal to the signal-to-noise ratio threshold: identifying an
audio object corresponding with a greatest quantization error; increasing a bit depth for

quantizing the audio object corresponding with the greatest quantization error; recalculating
the total noise metric; and recalculating the total signal-to-noise ratio.
[0026] The control system may be configured to quantize the audio signals

corresponding to each of the audio objects according to the final quantization bit depths. The
control system may be configured to output quantized audio signals to a lossless encoder.
[0027] The control system may be configured to: estimate, for each of the audio

objects, an audio object quantization error corresponding to each of a plurality of quantization

bit depths; calculating a total quantization error, for all of the audio objects, corresponding to
each of the plurality of quantization bit depths; and storing, at least temporarily, estimated
audio object quantization errors and calculated total quantization errors.
[0028] In some examples, determining the estimated quantization bit depth may

involve determining an energy ratio of each audio object's energy metric to the total energy
value and determining the estimated quantization bit depth for each audio object according to
the energy ratio.
[0029] In some implementations, the importance metric may be based, at least in part,

on the audio object metadata. For example, the metadata may include audio object position
data and the importance metric may be based, at least in part, on the audio object position
data.
[0030] The control system may be configured to dither the audio signals. The total

noise metric may include dithering noise.

[0031] Details of one or more implementations of the subject matter described in this

specification are set forth in the accompanying drawings and the description below. Other
features, aspects, and advantages will become apparent from the description, the drawings,
and the claims. Note that the relative dimensions of the following figures may not be drawn
to scale.

BRIEF DESCRIPTION OF THE DRAWINGS
[0032] Figure 1 shows an example of a reproduction environment having a Dolby

Surround 5.1 configuration.
[0033] Figure 2 shows an example of a reproduction environment having a Dolby

Surround 7.1 configuration.
[0034] Figures 3A and 3B illustrate two examples of home theater playback

environments that include height speaker configurations.
[0035] Figure 4A shows an example of a graphical user interface (GUI) that portrays

speaker zones at varying elevations in a virtual reproduction environment.
[0036] Figure 4B shows an example of another reproduction environment.
[0037] Figure 5 is a block diagram that provides examples of components of an

apparatus capable of implementing various methods described herein.
[0038] Figure 6 is a flow diagram that shows example blocks of an adaptive

quantization process according to some implementations.
[0039] Figure 7 is a flow diagram that shows examples of blocks of an iterative

process of determining final quantization bit depths.
[0040] Figure 8 is a flow diagram that shows examples of blocks of another method

of adaptive quantization.
[0041] Like reference numbers and designations in the various drawings indicate like

elements.

DESCRIPTION OF EXAMPLE EMBODIMENTS
[0042] The following description is directed to certain implementations for the

purposes of describing some innovative aspects of this disclosure, as well as examples of
contexts in which these innovative aspects may be implemented. However, the teachings
herein can be applied in various different ways. For example, while various implementations
have been described in terms of particular reproduction environments, the teachings herein
are widely applicable to other known reproduction environments, as well as reproduction

environments that may be introduced in the future. Moreover, the described implementations
may be implemented in various authoring and/or rendering tools, which may be implemented
in a variety of hardware, software, firmware, etc. Accordingly, the teachings of this
disclosure are not intended to be limited to the implementations shown in the figures and/or
described herein, but instead have wide applicability.
[0043] Figure 1 shows an example of a reproduction environment having a Dolby

Surround 5.1 configuration. Dolby Surround 5.1 was developed in the 1990s, but this
configuration is still widely deployed in cinema sound system environments. A projector 105
may be configured to project video images, e.g. for a movie, on the screen 150. Audio
reproduction data may be synchronized with the video images and processed by the sound
processor 110. The power amplifiers 115 may provide speaker feed signals to speakers of the
reproduction environment 100.
[0044] The Dolby Surround 5.1 configuration includes left surround array 120 and

right surround array 125, each of which includes a group of speakers that are gang-driven by
a single channel. The Dolby Surround 5.1 configuration also includes separate channels for
the left screen channel 130, the center screen channel 135 and the right screen channel 140.
A separate channel for the subwoofer 145 is provided for low-frequency effects (LFE).
[0045] In 2010, Dolby provided enhancements to digital cinema sound by introducing

Dolby Surround 7.1. Figure 2 shows an example of a reproduction environment having a
Dolby Surround 7.1 configuration. A digital projector 205 may be configured to receive
digital video data and to project video images on the screen 150. Audio reproduction data
may be processed by the sound processor 210. The power amplifiers 215 may provide
speaker feed signals to speakers of the reproduction environment 200.
[0046] The Dolby Surround 7.1 configuration includes the left side surround array

220 and the right side surround array 225, each of which may be driven by a single channel.
Like Dolby Surround 5.1, the Dolby Surround 7.1 configuration includes separate channels

for the left screen channel 230, the center screen channel 235, the right screen channel 240
and the subwoofer 245. However, Dolby Surround 7.1 increases the number of surround
channels by splitting the left and right surround channels of Dolby Surround 5.1 into four
zones: in addition to the left side surround array 220 and the right side surround array 225,

separate channels are included for the left rear surround speakers 224 and the right rear
surround speakers 226. Increasing the number of surround zones within the reproduction
environment 200 can significantly improve the localization of sound.
[0047] In an effort to create a more immersive environment, some reproduction

environments may be configured with increased numbers of speakers, driven by increased
numbers of channels. Moreover, some reproduction environments may include speakers
deployed at various elevations, some of which may be above a seating area of the
reproduction environment.
[0048] Figures 3A and 3B illustrate two examples of home theater playback

environments that include height speaker configurations. In these examples, the playback
environments 300a and 300b include the main features of a Dolby Surround 5.1
configuration, including a left surround speaker 322, a right surround speaker 327, a left
speaker 332, a right speaker 342, a center speaker 337 and a subwoofer 145. However, the
playback environment 300 includes an extension of the Dolby Surround 5.1 configuration for
height speakers, which may be referred to as a Dolby Surround 5.1.2 configuration.
[0049] Figure 3A illustrates an example of a playback environment having height

speakers mounted on a ceiling 360 of a home theater playback environment. In this example,
the playback environment 300a includes a height speaker 352 that is in a left top middle
(Ltm) position and a height speaker 357 that is in a right top middle (Rtm) position. In the

example shown in Figure 3B, the left speaker 332 and the right speaker 342 are Dolby
Elevation speakers that are configured to reflect sound from the ceiling 360. If properly
configured, the reflected sound may be perceived by listeners 365 as if the sound source
originated from the ceiling 360. However, the number and configuration of speakers is
merely provided by way of example. Some current home theater implementations provide
for up to 34 speaker positions, and contemplated home theater implementations may allow
yet more speaker positions.
[0050] Accordingly, the modern trend is to include not only more speakers and more

channels, but also to include speakers at differing heights. As the number of channels
increases and the speaker layout transitions from a 2D array to a 3D array, the tasks of

positioning and rendering sounds becomes increasingly difficult. Accordingly, the present
assignee has developed various tools, as well as related user interfaces, which increase

functionality and/or reduce authoring complexity for a 3D audio sound system.
[0051] Figure 4A shows an example of a graphical user interface (GUI) that portrays

speaker zones at varying elevations in a virtual reproduction environment. GUI 400 may, for
example, be displayed on a display device according to instructions from a control system,
according to signals received from user input devices, etc.
[0052] As used herein with reference to virtual reproduction environments such as the

virtual reproduction environment 404, the term "speaker zone" generally refers to a logical

construct that may or may not have a one-to-one correspondence with a reproduction speaker
of an actual reproduction environment. For example, a "speaker zone location" may or may
not correspond to a particular reproduction speaker location of a cinema reproduction
environment. Instead, the term "speaker zone location" may refer generally to a zone of a
virtual reproduction environment. In some implementations, a speaker zone of a virtual

reproduction environment may correspond to a virtual speaker, e.g., via the use of
virtualizing technology such as Dolby Headphone,™ (sometimes referred to as Mobile
Surround™), which creates a virtual surround sound environment in real time using a set of

two-channel stereo headphones. In GUI 400, there are seven speaker zones 402a at a first
elevation and two speaker zones 402b at a second elevation, making a total of nine speaker
zones in the virtual reproduction environment 404. In this example, speaker zones 1-3 are in
the front area 405 of the virtual reproduction environment 404. The front area 405 may

correspond, for example, to an area of a cinema reproduction environment in which a screen
150 is located, to an area of a home in which a television screen is located, etc.

[0053] Here, speaker zone 4 corresponds generally to speakers in the left area 410 and

speaker zone 5 corresponds to speakers in the right area 415 of the virtual reproduction
environment 404. Speaker zone 6 corresponds to a left rear area 412 and speaker zone 7
corresponds to a right rear area 414 of the virtual reproduction environment 404. Speaker
zone 8 corresponds to speakers in an upper area 420a and speaker zone 9 corresponds to

speakers in an upper area 420b, which may be a virtual ceiling area. Accordingly, the

locations of speaker zones 1-9 that are shown in Figure 4A may or may not correspond to the
locations of reproduction speakers of an actual reproduction environment. Moreover, other
implementations may include more or fewer speaker zones and/or elevations.

[0054] In various implementations, a user interface such as GUI 400 may be used as

part of an authoring tool and/or a rendering tool. In some implementations, the authoring tool
and/or rendering tool may be implemented via software stored on one or more non-transitory
media. The authoring tool and/or rendering tool may be implemented (at least in part) by

hardware, firmware, etc. In some authoring implementations, an associated authoring tool
may be used to create metadata for associated audio data. The metadata may, for example,
include data indicating the position and/or trajectory of an audio object in a three-dimensional
space, speaker zone constraint data, etc. The metadata may be created with respect to the

speaker zones 402 of the virtual reproduction environment 404, rather than with respect to a
particular speaker layout of an actual reproduction environment. A rendering tool may
receive audio data and associated metadata, and may compute audio gains and speaker feed
signals for a reproduction environment. Such audio gains and speaker feed signals may be

computed according to an amplitude panning process, which can create a perception that a
sound is coming from a position P in the reproduction environment. For example, speaker
feed signals may be provided to reproduction speakers 1 through N of the reproduction
environment according to the following equation:
Xi

(t) = gix(t),

i = 1, . . . N

(Equation 1)

[0055] In Equation 1, X i (t ) represents the speaker feed signal to be applied to speaker
i, g i represents

the gain factor of the corresponding channel, x(t) represents the audio signal

and t represents time. The gain factors may be determined, for example, according to the

amplitude panning methods described in Section 2, pages 3-4 of V. Pulkki, Compensating
Displacement of Amplitude -Panned Virtual Sources (Audio Engineering Society (AES)

International Conference on Virtual, Synthetic and Entertainment Audio), which is hereby
incorporated by reference. In some implementations, the gains may be frequency dependent.
In some implementations, a time delay may be introduced by replacing x(t) by x(t-At).
[0056] In some rendering implementations, audio reproduction data created with

reference to the speaker zones 402 may be mapped to speaker locations of a wide range of
reproduction environments, which may be in a Dolby Surround 5.1 configuration, a Dolby
Surround 7.1 configuration, a Hamasaki 22.2 configuration, or another configuration. For
example, referring to Figure 2, a rendering tool may map audio reproduction data for speaker
zones 4 and 5 to the left side surround array 220 and the right side surround array 225 of a

reproduction environment having a Dolby Surround 7.1 configuration. Audio reproduction
data for speaker zones 1, 2 and 3 may be mapped to the left screen channel 230, the right

screen channel 240 and the center screen channel 235, respectively. Audio reproduction data
for speaker zones 6 and 7 may be mapped to the left rear surround speakers 224 and the right
rear surround speakers 226.
[0057] Figure 4B shows an example of another reproduction environment. In some

implementations, a rendering tool may map audio reproduction data for speaker zones 1, 2
and 3 to corresponding screen speakers 455 of the reproduction environment 450. A

rendering tool may map audio reproduction data for speaker zones 4 and 5 to the left side
surround array 460 and the right side surround array 465 and may map audio reproduction

data for speaker zones 8 and 9 to left overhead speakers 470a and right overhead speakers
470b. Audio reproduction data for speaker zones 6 and 7 may be mapped to left rear
surround speakers 480a and right rear surround speakers 480b.
[0058] In some authoring implementations, an authoring tool may be used to create

metadata for audio objects. As noted above, the term "audio object" may refer to a stream of
audio data signals and associated metadata. The metadata may indicate one or more of the

position of the audio object, the apparent size of the audio object, rendering constraints as
well as content type (e.g. dialog, effects), etc. Depending on the implementation, the
metadata may include other types of data, such as gain data, trajectory data, etc. Some audio
objects may be static, whereas others may move. Audio object details may be authored or

rendered according to the associated metadata which, among other things, may indicate the
position of the audio object in a two-dimensional space or a three-dimensional space at a
given point in time. When audio objects are monitored or played back in a reproduction
environment, the audio objects may be rendered according to their position metadata and
possibly other metadata, such as size metadata, according to the reproduction speaker layout
of the reproduction environment.
[0059] In view of the foregoing advantages, movie studios and other content creators

are often providing audio data that includes audio objects. For example, many content

creators are using a lossless audio codec, such as Dolby TrueHD™, for encoding audio data

that includes audio objects, along with video content, on optical discs for home theater
playback environments. Such audio data may also be provided via download to an
audio/video receiver (AVR) of a home theater system.
[0060] In some instances, there may be limits to the amount of audio data that can be

recorded on a storage medium, such as an optical disc, along with video content and/or limits
to the amount of audio data that can streamed along with video content. A limit on the

amount of audio data that can be recorded on a storage medium or a limit on the amount of
audio data that can streamed may, in some instances, place a limit on the number of audio

objects that can be encoded for concurrent playback in a home theater system. Some audio
codecs include features, such as noise shaping, which may further limit bitrates when
enabled. Enabling such features may potentially increase the number of audio objects that

can be encoded for concurrent playback. Some existing versions of such audio codecs
provide for noise shaping, but with a fixed number of bits.
[0061] Accordingly, it would be desirable to encode audio data, including but not

limited to audio data that includes audio objects, more efficiently. Some implementations
disclosed herein allocate bits for audio encoding on a time-dependent basis. Some disclosed
methods involve an adaptive quantization process that can vary the allocation of bits for
quantization on a frame by frame, per-audio object basis. According to some examples, an
adaptive quantization process may vary the allocation of bits for quantization based, at least
in part, on an importance metric. In some such examples, an estimated quantization bit depth
for each of a plurality of audio objects may be based, at least in part, on the importance
metric. The importance metric may be based, at least in part, on an energy metric. In some

examples, the energy metric may be a perceptual energy metric that corresponds to human
hearing sensitivity as a function of frequency.
[0062] Some implementations may involve iteratively minimizing the quantization

error such that a signal-to-noise ratio is always at or above a predetermined threshold.
According to some such implementations, a final quantization bit depth for each of the audio
objects may be determined by applying a signal-to-noise ratio threshold to a total signal-tonoise ratio that is determined according to the estimated quantization bit depth. In some
examples, audio data may be quantized according to the final quantization bit depth for each
of the audio objects. The quantized audio data may, in some examples, be input to an
encoder that functions according to a lossless codec, such as the Dolby TrueHD™ codec, the
Apple Lossless Audio Codec, the Windows Media Lossless Codec, MPEG-4 Audio Lossless
Coding, etc.
[0063] Figure 5 is a block diagram that provides examples of components of an

apparatus capable of implementing various methods described herein. The apparatus 500

may, for example, be (or may be a portion of) an audio encoding system. In some examples,
the apparatus 500 may be implemented in a component of another device.

[0064] In this example, the apparatus 500 includes an interface system 505 and a

control system 510. The control system 510 may be capable of implementing some or all of
the methods disclosed herein. The control system 510 may, for example, include a general

purpose single- or multi-chip 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, and/or discrete hardware
components.
[0065] In this implementation, the apparatus 500 includes a memory system 515. The

memory system 515 may include one or more suitable types of non-transitory storage media,
such as flash memory, a hard drive, etc. The interface system 505 may include a network
interface, an interface between the control system and the memory system and/or an external
device interface (such as a universal serial bus (USB) interface). Although the memory
system 515 is depicted as a separate element in Figure 5, the control system 510 may include
at least some memory, which may be regarded as a portion of the memory system. Similarly,

in some implementations the memory system 515 may be capable of providing some control
system functionality.
[0066] In this example, the control system 510 is capable of receiving audio data and

other information via the interface system 505. In some implementations, the control system
510 may include (or may implement), an audio encoding apparatus.
[0067] In some implementations, the control system 510 may be capable of

performing at least some of the methods described herein according to software stored one or
more non-transitory media. The non-transitory media may include memory associated with
the control system 510, such as random access memory (RAM) and/or read-only memory

(ROM). The non- transitory media may include memory of the memory system 515.
[0068] Figure 6 is a flow diagram that shows example blocks of an adaptive

quantization process according to some implementations. The blocks of Figure 6 (and those
of other flow diagrams provided herein) may, for example, be performed by the control
system 510 of Figure 5 or by a similar apparatus. Accordingly, some blocks of Figure 6 are
described below with reference to one or more elements of Figure 5. As with other methods
disclosed herein, the method outlined in Figure 6 may include more or fewer blocks than
indicated. Moreover, the blocks of methods disclosed herein are not necessarily performed in
the order indicated.

[0069] Here, block 605 involves receiving audio data that includes a plurality of

audio objects. In this example, the audio objects include audio signals and associated audio

object metadata. In some examples, the plurality of audio objects may correspond to a single
frame of audio data. Block 605 may involve receiving the audio data via an interface system,
such as the interface system 605 of Figure 5.
[0070] In this example, block 610 involves determining an importance metric for each

of the audio objects. According to this implementation, the importance metric is based, at
least in part, on an energy metric. In some such implementations, the energy metric may be a
perceptual energy metric that corresponds to human hearing sensitivity as a function of
frequency. In some examples, the perceptual energy metric may correspond with one of the
many known sets of equal-loudness contours for human hearing, such as Fletcher-Munson
curves.
[0071] In some examples, determining the energy metric may involve applying a

frequency-weighting filter to the signal corresponding to each audio object. Some such
examples may involve weighting the energy in multiple frequency subbands according to the
energy of the weighting filter in each frequency subband. The frequency weighting filter
may be, or may be similar to, the A-weighting curve defined by the International
Electrotechnical Commission (IEC) standard IEC 61672:2003 or the A-weighting curve
defined by the International Organization for Standardization (ISO) 226:2003. According to
some examples, the energy metric may be the square of the result after applying an A-

weighting filter to the energy or gain corresponding to each audio object. Some examples
may involve sorting the audio objects according to the energy metric of each audio object.
[0072] In some implementations, the importance metric may be based, at least in part,

on the audio object metadata. For example, the metadata may include audio object position
data and the importance metric may be based, at least in part, on the audio object position
data. This positional data could be used to leverage spatial masking to further quantize the

audio object signals. For example, audio objects which are relatively close in position could

be deemed less important than objects which are isolated from other audio objects in space,
which would be deemed more important. Audio objects that are relatively closer together
will act as relatively more efficient maskers for introduced quantization noise.
[0073] According to this example, block 615 involves determining a global

importance metric for all of the audio objects. In this implementation, the global importance
metric is based, at least in part, on a total energy value that includes the energy of all of the

audio objects. Accordingly, in this example block 615 involves calculating a total energy

value by summing the energy metric of each of the audio objects.
[0074] According to this implementation, block 620 follows block 615. However, in

some alternative implementations, block 620 may be performed only if one or more

conditions are met. According to some such implementations, a control system may be
capable of determining whether the total energy value is non-zero. The control system may
perform subsequent operations of method 600 (such as determining the estimated
quantization bit depth, calculating the total noise metric and calculating the total signal-tonoise ratio) only if the total energy value is non-zero. If the total energy value is zero, or is
below a threshold energy value, the control system may assign a predetermined bit depth to
the audio object(s).
[0075] In this implementation, block 620 involves determining an estimated

quantization bit depth and a quantization error for each of the audio objects. According to
some such implementations, block 620 may involve determining the estimated quantization

bit depth for an audio object according to the proportion of energy that the audio object
contributes to the total energy value. For example, the proportion of energy that the audio
object contributes to the total energy value according to the following equation:
Propn = Ε η/ Ετο ί αΐ

(Equation 2)

[0076] In Equation 2, Erotai represents the total energy value that is determined in

block 615,

E„ represents

the energy metric of audio object "n" and Propn represents the

proportion of energy that the audio object "n" contributes to the total energy value.
According to some such examples, block 620 involves mapping Propn to a corresponding bit
depth. For example, block 620 may involve mapping the lowest-energy audio objects to a

low-energy bit depth, intermediate-energy objects to one or more intermediate-energy bit
depths and the highest energy objects to a high-energy bit depth. In some such examples, the
low-energy bit depth may be 20 bits, an intermediate-energy bit depth may be 16 bits and the
high-energy bit depth may be 12 bits. However, these are merely illustrative examples. In
one alternative implementation, the low-energy bit depth is 24 bits, intermediate-energy bit
depths are 20 bits and 16 bits, and the high-energy bit depth is 12 bits. In another alternative
implementation, the low-energy bit depth is 20 bits, intermediate-energy bit depths are 16 bits
and 12 bits, and the high-energy bit depth is 8 bits.
[0077] Similarly, the threshold energy values for mapping Propn to a corresponding

bit depth may vary according to the particular implementation. In some such examples, a

low-energy bit depth may be assigned to an audio object having less than 0.1% of the total
energy, an intermediate-energy bit depth may be assigned to an audio object having less than
6% of the total energy and a high-energy bit depth may be assigned to an audio object having
6% or more of the total energy. In other examples, a low-energy bit depth may be assigned to

an audio object having less than 0.1% of the total energy, a first intermediate-energy bit depth

may be assigned to an audio object having less than 1% of the total energy, a second
intermediate-energy bit depth may be assigned to an audio object having less than 10% of the
total energy and a high-energy bit depth may be assigned to an audio object having 10% or
more of the total energy. Other implementations may include more or fewer bit depths,

different bit values for each bit depth, different threshold energy values for bit depths, etc.
[0078] According to this example, block 620 also involves determining a quantization

error, corresponding to the estimated quantization bit depth, for each of the audio objects.
Quantization error may be estimated by temporarily quantizing an audio signal and
comparing the quantized audio signal to the original audio signal, e.g., via sample-by-sample
subtraction. Each sample quantization error may be squared and summed to determine a

quantization error energy, a single metric for determining the noise level introduced by the
quantization process for each audio object. In some examples, quantization error energy may
be calculated for each frame of samples. Determining the quantization error may depend not
only on the estimated quantization bit depth, but also on a number of bits used to encode the

received audio data. For example, if the estimated quantization bit depth for an audio object
is 24 bits (which may correspond with the low-energy bit depth) and the received audio data

was encoded at 24 bits, block 620 may involve determining a quantization error of zero for
the audio object.
[0079] In this example, block 625 involves calculating a total noise metric for all of

the audio objects. Here, the total noise metric is based, at least in part, on a total quantization

error corresponding with the estimated quantization bit depth for each of the audio objects.
For example, the total noise metric may be determined by summing the quantization error
energy for each of the audio objects. Some implementations may involve dithering at least
some of the audio signals. In such implementations, the total noise metric also may include

dithering noise.
[0080] Some implementations may involve estimating, for each of the audio objects,

an audio object quantization error corresponding to each of a plurality of quantization bit

depths. Such implementations may involve calculating a total quantization error, for all of

the audio objects, corresponding to each of the plurality of quantization bit depths. The total

quantization error may be the sum of each of the audio object quantization errors. Some such
implementations also may involve storing, at least temporarily, estimated audio object
quantization errors and calculated total quantization errors. For example, such
implementations may involve storing the estimated audio object quantization errors and
calculated total quantization errors in the memory system 515 or in a memory system of the
control system 510.
[0081] In the example shown in Figure 6, block 630 involves calculating a total

signal-to-noise ratio corresponding with the total noise metric and the total energy value. The
total signal-to-noise ratio may, for example, be the total energy value divided by the total
noise metric.
[0082] In this implementation, block 635 involves determining a final quantization bit

depth for each of the audio objects by applying a signal-to-noise ratio threshold to the total
signal-to-noise ratio. The signal-to-noise ratio threshold may vary according to the particular
implementation. In some examples, the signal-to-noise ratio threshold may be 40 dB, 45 dB,
50 dB, 55 dB, 60 dB, etc. Such implementations may involve quantizing the audio signals

corresponding to each of the audio objects according to the final quantization bit depths.
Some examples may involve outputting quantized audio signals to a lossless encoder. The

quantized audio data may, in some examples, be input to an encoder that functions according
to a lossless codec, such as the Dolby TrueHD™ codec, the Apple Lossless Audio Codec, the

Windows Media Lossless Codec, MPEG-4 Audio Lossless Coding, etc.
[0083] If the total signal-to-noise ratio corresponding with the estimated quantization

bit depth for each of the audio objects is less than or equal to the signal-to-noise ratio
threshold, the final quantization bit depth for each of the audio objects may be set to the
estimated quantization bit depth for each of the audio objects. If not, some implementations
involve an iterative process of determining the final quantization bit depths.
[0084] Figure 7 is a flow diagram that shows examples of blocks of an iterative

process of determining final quantization bit depths. Blocks 705 through 735 of Figure 7
provide a detailed flow diagram for implementing block 635 of Figure 6, according to one
example. The blocks of Figure 7 may, for example, be performed by the control system 5 10
of Figure 5 or by a similar apparatus. As with other methods disclosed herein, the method
outlined in Figure 7 may include more or fewer blocks than indicated and the blocks of
Figure 7 are not necessarily performed in the order indicated.

[0085] In this example, the output from block 630 of method 600 is input to block

730, which involves determining whether the total signal-to-noise ratio is less than or equal to

a signal-to-noise ratio threshold. If so, in this example the process continues to block 735,
which involves setting the current quantization bit depth as the final quantization bit depth.
[0086] However, if it is determined in block 730 that the total signal-to-noise ratio is

not less than or equal to the signal-to-noise ratio threshold, in this example the process
continues to block 710, which involves identifying an audio object corresponding with a
greatest quantization error. In this example, block 715 involves increasing a bit depth for
quantizing the audio object corresponding with the greatest quantization error. Increasing the
bit depth should reduce the quantization error for that audio object.
[0087] In this implementation, block 720 involves recalculating the total noise metric,

including the reduced quantization error for the audio object identified in block 710. Here,
block 725 involves recalculating the total signal-to-noise ratio and then determining, in block
730, whether the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio

threshold. According to this implementation, the identifying, increasing and recalculating
processes are performed iteratively until it is determined in block 730 that the total signal-tonoise ratio is less than or equal to the signal-to-noise ratio threshold. The current
quantization bit depth is then set to the final quantization bit depth in block 735.
[0088] Figure 8 is a flow diagram that shows examples of blocks of another method

of adaptive quantization. The blocks of Figure 8 may, for example, be performed by the
control system 5 10 of Figure 5 or by a similar apparatus. As with other methods disclosed
herein, the method outlined in Figure 8 may include more or fewer blocks than indicated and
the blocks of Figure 8 are not necessarily performed in the order indicated. For example, in

some implementations block 815 may be performed after block 820.
[0089] In this example, block 805 involves receiving a frame of audio data that

includes a plurality of audio objects. The audio objects include audio signals and associated
audio object metadata. Here, block 810 involves performing blocks 610-635 of Figure 6. In

some implementations, determining a final quantization bit depth may involve performing

blocks 705-735 of Figure 7. In this example, block 815 involves quantizing the audio signals
corresponding to each of the audio objects of the frame according to the final quantization bit
depths.
[0090] According to this implementation, block 820 involves determining whether

there are additional frames of audio data to be processed. If so, the method reverts to block

805. If not, in this example the quantized audio signals are output to a lossless encoder in

block 825. In alternative examples, each frame may be passed directly to an encoder, which
may be a lossless encoder, after block 815. In such examples, block 825 would be performed
after block 815.
[0091] Various modifications to the implementations described in this disclosure may

be readily apparent to those having ordinary skill in the art. The general principles defined
herein may be applied to other implementations without departing from the spirit or scope of
this disclosure. Thus, the claims are not intended to be limited to the implementations shown

herein, but are to be accorded the widest scope consistent with this disclosure, the principles
and the novel features disclosed herein.
[0092] Various aspects of the present invention may be appreciated from the

following Enumerated example Embodiments (EEEs):
EEE 1. A method of processing audio data, the method comprising:
receiving audio data comprising a plurality of audio objects, the audio objects
including audio signals and associated audio object metadata;
determining an importance metric for each of the audio objects, the importance metric
being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by summing
the energy metric of each of the audio objects;

determining an estimated quantization bit depth and a quantization error for each of
the audio objects;

calculating a total noise metric for all of the audio objects, the total noise metric being
based, at least in part, on a total quantization error corresponding with the estimated
quantization bit depth;
calculating a total signal-to-noise ratio corresponding with the total noise metric and
the total energy value; and

determining a final quantization bit depth for each of the audio objects by applying a
signal-to-noise ratio threshold to the total signal-to-noise ratio.
EEE 2. The method of EEE 1, wherein determining the final quantization bit depth involves:
identifying an audio object corresponding with a greatest quantization error;
increasing a bit depth for quantizing the audio object corresponding with the greatest
quantization error;

recalculating the total noise metric;
recalculating the total signal-to-noise ratio; and
determining whether the total signal-to-noise ratio is less than or equal to the signalto-noise ratio threshold.
EEE 3. The method of EEE 2, wherein the identifying, increasing and recalculating processes
are performed iteratively until it is determined that the total signal-to-noise ratio is less than

or equal to the signal-to-noise ratio threshold.
EEE 4. The method of any one of EEEs 1-3, further comprising:

estimating, for each of the audio objects, an audio object quantization error

corresponding to each of a plurality of quantization bit depths;
calculating a total quantization error, for all of the audio objects, corresponding to
each of the plurality of quantization bit depths; and
storing, at least temporarily, estimated audio object quantization errors and calculated

total quantization errors.
EEE 5. The method of any one of EEEs 1-4, wherein the importance metric is based, at least
in part, on the audio object metadata.

EEE 6. The method of EEE 5, wherein the audio object metadata includes audio object

position data and wherein the importance metric is based, at least in part, on the audio object
position data.
EEE 7. The method of any one of EEEs 1-6, further comprising dithering the audio signals,

wherein the total noise metric includes dithering noise.
EEE 8. The method of any one of EEEs 1-7, wherein determining the estimated quantization

bit depth involves:
determining an energy ratio of each audio object's energy metric to the total energy
value; and

determining the estimated quantization bit depth for each audio object according to
the energy ratio.

EEE 9. The method of any one of EEEs 1-8, wherein the energy metric is a perceptual energy
metric that corresponds to human hearing sensitivity as a function of frequency.

EEE 10. The method of any one of EEEs 1-9, further comprising sorting the audio objects

according to the energy metric of each audio object.
EEE 11. The method of any one of EEEs 1-10, wherein the plurality of audio objects

corresponds to a single frame of audio data.

EEE 12. The method of any one of EEEs 1-11, further comprising quantizing the audio
signals corresponding to each of the audio objects according to the final quantization bit

depths.

EEE 13. The method of EEE 12, further comprising outputting quantized audio signals to a
lossless encoder.
EEE 14. A non-transitory medium having software stored thereon, the software including
instructions for controlling one or more devices for:
receiving audio data comprising a plurality of audio objects, the audio objects
including audio signals and associated audio object metadata;
determining an importance metric for each of the audio objects, the importance metric
being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by summing
the energy metric of each of the audio objects;
determining an estimated quantization bit depth and a quantization error for each of
the audio objects;
calculating a total noise metric for all of the audio objects, the total noise metric being
based, at least in part, on a total quantization error corresponding with the estimated
quantization bit depth;
calculating a total signal-to-noise ratio corresponding with the total noise metric and
the total energy value; and
determining a final quantization bit depth for each of the audio objects by applying a
signal-to-noise ratio threshold to the total signal-to-noise ratio.
EEE 15. The non- transitory medium of EEE 14, wherein determining the final quantization
bit depth involves:
identifying an audio object corresponding with a greatest quantization error;
increasing a bit depth for quantizing the audio object corresponding with the greatest
quantization error;
recalculating the total noise metric;
recalculating the total signal-to-noise ratio; and
determining whether the total signal-to-noise ratio is less than or equal to the signalto-noise ratio threshold.

EEE 16. The non-transitory medium of EEE 15, wherein the software includes instructions
for performing the identifying, increasing and recalculating processes iteratively until it is
determined that the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio
threshold.
EEE 17. An apparatus, comprising:
an interface system; and

a control system capable of:
receiving, via the interface system, audio data comprising a plurality of audio
objects, the audio objects including audio signals and associated audio object

metadata;
determining an importance metric for each of the audio objects, the
importance metric being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by
summing the energy metric of each of the audio objects;
determining an estimated quantization bit depth and a quantization error for
each of the audio objects;
calculating a total noise metric for all of the audio objects, the total noise
metric being based, at least in part, on a total quantization error corresponding with
the estimated quantization bit depth;

calculating a total signal-to-noise ratio corresponding with the total noise
metric and the total energy value;

determining a final quantization bit depth for each of the audio objects by
applying a signal-to-noise ratio threshold to the total signal-to-noise ratio; and
quantizing the audio signals corresponding to each of the audio objects
according to the final quantization bit depths.
EEE 18. The apparatus of EEE 17, wherein determining the final quantization bit depth
involves:
identifying an audio object corresponding with a greatest quantization error;
increasing a bit depth for quantizing the audio object corresponding with the greatest
quantization error;
recalculating the total noise metric;
recalculating the total signal-to-noise ratio; and

determining whether the total signal-to-noise ratio is less than or equal to the signalto-noise ratio threshold.
EEE 19. The apparatus of EEE 18, wherein the control system is capable of performing the
identifying, increasing and recalculating processes iteratively until the control system
determines that the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio
threshold.
EEE 20. The apparatus of any one of EEEs 17-19, wherein the control system is capable of
determining whether the total energy value is non-zero and of determining the estimated
quantization bit depth, calculating the total noise metric and calculating the total signal-tonoise ratio only if the total energy value is non-zero.
EEE 21. The apparatus of any one of EEEs 17-20, wherein the control system includes at
least one of a general purpose single- or multi-chip 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, or discrete

hardware components.
EEE 22. The apparatus of any one of EEEs 17-21, wherein the interface system includes at
least one of a network interface, an interface between the control system and a memory
system, an interface between the control system and another device, or an external device

interface.
EEE 23. An apparatus, comprising:
an interface system; and

control means for:
receiving, via the interface system, audio data comprising a plurality of audio
objects, the audio objects including audio signals and associated audio object

metadata;
determining an importance metric for each of the audio objects, the
importance metric being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by
summing the energy metric of each of the audio objects;
determining an estimated quantization bit depth and a quantization error for
each of the audio objects;

calculating a total noise metric for all of the audio objects, the total noise
metric being based, at least in part, on a total quantization error corresponding with
the estimated quantization bit depth;

calculating a total signal-to-noise ratio corresponding with the total noise
metric and the total energy value;

determining a final quantization bit depth for each of the audio objects by
applying a signal-to-noise ratio threshold to the total signal-to-noise ratio; and

quantizing the audio signals corresponding to each of the audio objects
according to the final quantization bit depths.
EEE 24. The apparatus of EEE 23, wherein determining the final quantization bit depth

involves:
identifying an audio object corresponding with a greatest quantization error;
increasing a bit depth for quantizing the audio object corresponding with the
greatest quantization error;
recalculating the total noise metric;
recalculating the total signal-to-noise ratio; and
determining whether the total signal-to-noise ratio is less than or equal to the
signal-to-noise ratio threshold.
EEE 25. The apparatus of EEE 24, wherein the control means includes means for performing
the identifying, increasing and recalculating processes iteratively until the control means

determines that the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio
threshold.

CLAIMS
1.

A method of processing audio data, the method comprising:
receiving audio data comprising a plurality of audio objects, the audio objects

including audio signals and associated audio object metadata;
determining an importance metric for each of the audio objects, the importance metric
being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by summing
the energy metric of each of the audio objects;

determining an estimated quantization bit depth and a quantization error for each of
the audio objects;

calculating a total noise metric for all of the audio objects, the total noise metric being
based, at least in part, on a total quantization error corresponding with the estimated

quantization bit depth;
calculating a total signal-to-noise ratio corresponding with the total noise metric and
the total energy value; and
determining a final quantization bit depth for each of the audio objects by
determining whether the total signal-to-noise ratio is less than or equal to a signal-tonoise ratio threshold; and

if it is determined that the total signal-to-noise ratio exceeds the signal-to-noise ratio
threshold, performing the following steps iteratively until it is determined that the total

signal-to-noise ratio is less than or equal to the signal-to-noise ratio threshold:
identifying an audio object corresponding with a greatest quantization error;
increasing a bit depth for quantizing the audio object corresponding with the
greatest quantization error;
recalculating the total noise metric; and
recalculating the total signal-to-noise ratio,
the method further comprising quantizing the audio signals corresponding to each of
the audio objects according to the final quantization bit depths.

2.

The method of claim 1, further comprising:

estimating, for each of the audio objects, an audio object quantization error

corresponding to each of a plurality of quantization bit depths;

calculating a total quantization error, for all of the audio objects, corresponding to
each of the plurality of quantization bit depths; and
storing, at least temporarily, estimated audio object quantization errors and calculated

total quantization errors.

3.

The method of claim 1 or claim 2, wherein the importance metric is based, at least in

part, on the audio object metadata.

4.

The method of claim 3, wherein the audio object metadata includes audio object

position data and wherein the importance metric is based, at least in part, on the audio object
position data.

5.

The method of any one of claims 1-4, further comprising dithering the audio signals,

wherein the total noise metric includes dithering noise.

6.

The method of any one of claims 1-5, wherein determining the estimated quantization

bit depth involves:
determining an energy ratio of each audio object's energy metric to the total energy
value; and

determining the estimated quantization bit depth for each audio object according to
the energy ratio.

7.

The method of any one of claims 1-6, wherein the energy metric is a perceptual

energy metric that corresponds to human hearing sensitivity as a function of frequency.

8.

The method of any one of claims 1-7, further comprising sorting the audio objects

according to the energy metric of each audio object.

9.

The method of any one of claims 1-8, wherein the plurality of audio objects

corresponds to a single frame of audio data.

10.

The method of any one of claims 1-9, further comprising outputting quantized audio

signals to a lossless encoder.

An apparatus, comprising:
an interface system; and

a control system configured to:
receive, via the interface system, audio data comprising a plurality of audio
objects, the audio objects including audio signals and associated audio object

metadata;
determine an importance metric for each of the audio objects, the importance
metric being based, at least in part, on an energy metric;

determine a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by
summing the energy metric of each of the audio objects;
determine an estimated quantization bit depth and a quantization error for each
of the audio objects;
calculate a total noise metric for all of the audio objects, the total noise metric
being based, at least in part, on a total quantization error corresponding with the
estimated quantization bit depth;
calculate a total signal-to-noise ratio corresponding with the total noise metric
and the total energy value;

determine a final quantization bit depth for each of the audio objects by:
determining whether the total signal-to-noise-ratio is less than or equal
to a signal-to-noise ratio threshold; and

if it is determined that the total-signal-to-noise ratio exceeds the signalto-noise ratio threshold, performing the following steps iteratively until it is
determined that the total signal-to-noise ratio is less than or equal to the
signal-to-noise ratio threshold:
identifying an audio object corresponding with a greatest
quantization error;
increasing a bit depth for quantizing the audio object
corresponding with the greatest quantization error;
recalculating the total noise metric; and
recalculating the total signal-to-noise ratio,

the control system further being configured to quantize the audio signals

corresponding to each of the audio objects according to the final quantization bit
depths.

12.

The apparatus of claim 11, wherein the control system is configured to determine

whether the total energy value is non-zero and of determining the estimated quantization bit
depth, calculating the total noise metric and calculating the total signal-to-noise ratio only if

the total energy value is non-zero.

13.

A non- transitory medium having software stored thereon, the software including

instructions for controlling one or more devices for:
receiving audio data comprising a plurality of audio objects, the audio objects
including audio signals and associated audio object metadata;
determining an importance metric for each of the audio objects, the importance metric
being based, at least in part, on an energy metric;
determining a global importance metric for all of the audio objects, the global
importance metric being based, at least in part, on a total energy value calculated by summing
the energy metric of each of the audio objects;

determining an estimated quantization bit depth and a quantization error for each of
the audio objects;

calculating a total noise metric for all of the audio objects, the total noise metric being
based, at least in part, on a total quantization error corresponding with the estimated
quantization bit depth;
calculating a total signal-to-noise ratio corresponding with the total noise metric and
the total energy value; and

determining a final quantization bit depth for each of the audio objects by:
determining whether the total signal-to-noise-ratio is less than or equal to a
signal-to-noise ratio threshold; and
if it is determined that the total signal-to-noise ratio exceeds the signal-tonoise ratio threshold, performing the following steps iteratively until it is determined
that the total signal-to-noise ratio is less than or equal to the signal-to-noise ratio
threshold:

identifying an audio object corresponding with a greatest quantization
error;

increasing a bit depth for quantizing the audio object corresponding
with the greatest quantization error;
recalculating the total noise metric; and
recalculating the total signal-to-noise ratio,
the software further including instructions for controlling one or more devices for

quantizing the audio signals corresponding to each of the audio objects according to the final
quantization bit depths.
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