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ADAPTIVE AUDIO CONTENT GENERATION

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims the benefit of priority to Chinese
Patent Application No. 201310246711.2 filed on 18 Jun.
2013 and U.S. Provisional Patent Application No. 61/843,
643 filed on 8 Jul. 2013, both hereby incorporated by
reference in its entirety.

TECHNOLOGY

The preset invention generally relates to audio signal
processing, and more specifically, to adaptive audio content
generation.

BACKGROUND

At present, audio content is generally created and stored
in channel-based formats. For example, stereo, surround 5.1,
and 7.1 are channel-based formats for audio content. With
developments in the multimedia industry, three-dimensional
(3D) movies, television content, and other digital multime-
dia content are getting more and more popular. The tradi-
tional channel-based audio formats, however, are often
incapable of generating immersive and lifelike audio content
to follow such progress. It is therefore desired to expand
multi-channel audio systems to create more immersive
sound field. One of important approaches to achieve this
objective is the adaptive audio content.

Compared with the conventional channel-based formats,
the adaptive audio content takes advantageous of both audio
channels and audio objects. The term “audio objects” as
used herein refer to various audio elements or sound sources
existing for a defined duration in time. The audio objects
may be dynamic or static. An audio object may be human,
animals or any other object serving as the sound source in
the sound field. Optionally, the audio objects may have
associated metadata such as information describing the
position, velocity, and size of an object. Use of the audio
objects enables the adaptive audio content to have high
immersive sense and good acoustic effect, while allowing an
operator such as a sound mixer to control and adjust audio
objects in a convenient manner. Moreover, by means of
audio objects, discrete sound elements can be accurately
controlled, irrespective of specific playback speaker con-
figurations. In the meantime, the adaptive audio content may
further include channel-based portions called “audio beds”
and/or any other audio elements. As used herein, the term
“audio beds” or “beds” refer to audio channels that are
meant to be reproduced in pre-defined, fixed locations. The
audio beds may be considered as static audio objects and
may have associated metadata as well. In this way, the
adaptive audio content may take advantages of the channel-
based format to represent complex audio textures, for
example.

Adaptive audio content is generated in a quite different
way from the channel-based audio content. In order to obtain
an adaptive audio content, a dedicated processing flow has
to be employed from the very beginning to create and
process audio signals. However, due to constraints in terms
of physical devices and/or technical conditions, not all audio
content providers are capable of generating such adaptive
audio content. Many audio content providers can only
produce and provide channel-based audio content. Further-
more, it is desirable to create the three-dimensional (3D)
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experience for the channel-based audio content which has
already been created and published. However, there is no
solution capable of generating the adaptive audio content by
converting the great amount of channel-based conventional
audio content.

In view of the foregoing, there is a need in the art for a
solution for converting channel-based audio content into
adaptive audio content.

SUMMARY

In order to address the foregoing and other potential
problems, the present invention proposes a method and
system for generating adaptive audio content.

In one aspect, embodiments of the present invention
provide a method for generating adaptive audio content. The
method comprises: extracting at least one audio object from
channel-based source audio content; and generating the
adaptive audio content at least partially based on the at least
one audio object. Embodiments in this regard further com-
prise a corresponding computer program product.

In another aspect, embodiments of the present invention
provide a system for generating adaptive audio content. The
system comprises: an audio object extractor configured to
extract at least one audio object from channel-based source
audio content; and an adaptive audio generator configured to
generate the adaptive audio content at least partially based
on the at least one audio object.

Through the following description, it would be appreci-
ated that in accordance with embodiments of the present
invention, conventional channel-based audio content may be
effectively converted into adaptive audio content while
guaranteeing high fidelity. Specifically, one or more audio
objects can be accurately extracted from the source audio
content to represent sharp and dynamic sounds, thereby
allowing control, edit, playback, and/or re-authoring of
individual primary sound source objects. In the meantime,
complex audio textures may be of a channel-based format to
support efficient authoring and distribution. Other advan-
tages achieved by embodiments of the present invention will
become apparent through the following descriptions.

DESCRIPTION OF DRAWINGS

Through reading the following detailed description with
reference to the accompanying drawings, the above and
other objectives, features and advantages of embodiments of
the present invention will become more comprehensible. In
the drawings, several embodiments of the present invention
will be illustrated in an example and non-limiting manner,
wherein:

FIG. 1 illustrates a diagram of adaptive audio content in
accordance with an example embodiment of the present
invention;

FIG. 2 illustrates a flowchart of a method for generating
adaptive audio content in accordance with an example
embodiment of the present invention;

FIG. 3 illustrates a flowchart of a method for generating
adaptive audio content in accordance with another example
embodiment of the present invention;

FIG. 4 illustrates a diagram of generating audio beds in
accordance with an example embodiment of the present
invention;

FIGS. 5A and 5B illustrate diagrams of overlapped audio
objects in accordance with example embodiments of the
present invention;
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FIG. 6 illustrates a diagram of metadata edit in accordance
with an example embodiment of the present invention;

FIG. 7 illustrates a flowchart of a system for generating
adaptive audio content in accordance with an example
embodiment of the present invention; and

FIG. 8 illustrates a block diagram of an example computer
system suitable for implementing embodiments of the pres-
ent invention.

Throughout the drawings, the same or corresponding
reference symbols refer to the same or corresponding parts.

DESCRIPTION OF EXAMPLE EMBODIMENTS

The principle and spirit of the present invention will now
be described with reference to various example embodi-
ments illustrated in the drawings. It should be appreciated
that depiction of these embodiments is only to enable those
skilled in the art to better understand and further implement
the present invention, not intended for limiting the scope of
the present invention in any manner.

Reference is first made to FIG. 1, where a diagram of
adaptive audio content in accordance with an embodiment of
the present invention is shown. In accordance with embodi-
ments of the present invention, the source audio content 101
to be processed is of a channel-based format such as stereo,
surround 5.1, surround 7.1, and the like. Specifically, in
accordance with embodiments of the present invention, the
source audio content 101 may be either any type of final mix,
or groups of audio tracks that can be processed separately
prior to be combined into a final mix of traditional stereo or
multi-channel content. The source audio content 101 is
processed to generate two portions, namely, channel-based
audio beds 102 and audio objects 103 and 104. The audio
beds 102 may use channels to represent relatively complex
audio textures such as background or ambiance sounds in
the sound field for efficient authoring and distribution. The
audio objects may be primary sound sources in the sound
field such as sources for sharp and/or dynamic sounds. In the
example shown in FIG. 1, the audio objects include a bird
103 and a frog 104. The adaptive audio content 105 may be
generated based on the audio beds 102 and the audio objects
103 and 104.

It should be noted that in accordance with embodiments
of the present invention, the adaptive audio content is not
necessarily composed of the audio objects and audio beds.
Instead, some adaptive audio content may only contain one
of the audio objects and audio beds. Alternatively, the
adaptive audio content may contain additional audio ele-
ments of any suitable formats other than the audio objects
and/or beds. For example, some adaptive audio content may
be composed of audio beds and some object-like content, for
example, a partial object in spectral. The scope of the present
invention is not limited in this regard.

Referring to FIG. 2, a flowchart of a method 200 for
generating adaptive audio content in accordance with an
example embodiment of the present invention is shown.
After the method 200 starts, at least one audio object is
extracted from channel-based audio content at step S201.
For the sake of discussion, the input channel-based audio
content is referred to as “source audio content.” In accor-
dance with embodiments of the present invention, it is
possible to extract the audio objects by directly processing
audio signals of the source audio content. Alternatively, in
order to better preserve the spatial fidelity of the source
audio content, for example, pre-processing such as signal
decomposition may be performed on the signals of the
source audio content, such that the audio objects may be
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extracted from the pre-processed audio signals. Embodi-
ments in this regard will be detailed below.

In accordance with embodiments of the present invention,
any appropriate approaches may be used to extract the audio
objects. In general, signal components belonging to the same
object in the audio content may be determined based on
spectrum continuity and spatial consistency. In implemen-
tation, one or more signal features or cues may be obtained
by processing the source audio content to thereby measure
whether the sub-bands, channels, or frames of the source
audio content belong to the same audio object. Examples of
such audio signal features may include, but not limited to:
sound direction/position, diffusiveness, direct-to-reverber-
ant ratio (DRR), on/offset synchrony, harmonicity, pitch and
pitch fluctuation, saliency/partial loudness/energy, repeti-
tiveness, etc. Any other appropriate audio signal features
may be used in connection with embodiments of the present
invention, and the scope of the present invention is not
limited in this regard. Specific embodiments of audio object
extraction will be detailed below.

The audio objects extracted at step S201 may be of any
suitable form. For example, in some embodiments, an audio
object may be generated as a multi-channel sound track
including signal components with similar audio signal fea-
tures. Alternatively, the audio object may be generated as a
down-mixed mono sound track. It is noted that these are
only some examples and the extracted audio object may be
represented in any appropriate form. The scope of the
present invention is not limited in this regard.

The method 200 then proceeds to step S202, where the
adaptive audio content is generated at least partially based
on the at least one audio object extracted at step S201. In
accordance with some embodiments, the audio objects and
possibly other audio elements may be packaged into a single
file as the resulting adaptive audio content. Such additional
audio elements may include, but not limited to, channel-
based audio beds and/or audio contents in any other formats.
Alternatively, the audio objects and the additional audio
elements may be distributed separately and then combined
by a playback system to adaptively reconstruct the audio
content based on the playback speaker configuration.

Specifically, in accordance with some embodiments, in
generating the adaptive audio content, it is possible to
perform re-authoring process on the audio objects and/or
other audio elements (if any). The re-authoring process, for
example, may include separating the overlapped audio
objects, manipulating the audio objects, modifying attributes
of the audio objects, controlling gains of the adaptive audio
content, and so forth. Embodiments in this regard will be
detailed below.

The method 200 ends after step S202, in this particular
example. By executing the method 200, the channel-based
audio content may be converted into the adaptive audio
content, in which sharp and dynamic sounds may be repre-
sented by the audio objects while those complex audio
textures like background sounds may be represented by
other formats, for example, represented as the audio beds.
The generated adaptive audio content may be efficiently
distributed and played back with high fidelity by various
kinds of playback system configurations. In this way, it is
possible to take advantages of both the object-based and
other formats like channel-based formats.

Reference is now made to FIG. 3, which shows a flow-
chart of a method 300 for generating adaptive audio content
in accordance with an example embodiment of the present
invention. It should be appreciated that the method 300 may



US 9,756,445 B2

5

be considered as a specific embodiment of the method 200
as described above with reference to FIG. 2.

After the method 300 starts, at step S301, the decompo-
sition of directional audio signals and diffusive audio signals
is performed on the channel-based source audio content,
such that the source audio content is decomposed into
directional audio signals and diffusive audio signals. By
means of signal decomposition, subsequent extraction of the
audio objects and generation of the audio beds may be more
accurate and effective. Specifically, the resulting directional
audio signals may be used to extract audio objects, while the
diffusive audio signals may be used to generate the audio
beds. In this way, a good immersive sense can be achieved
while ensuring a higher fidelity of the source audio content.
Additionally, it helps to implement flexible object extraction
and accurate metadata estimation. Embodiments in this
regard will be detailed below.

The directional audio signals are primary sounds that are
relatively easily localizable and panned among channels.
Diffusive signals are those ambient signals weakly corre-
lated with the directional sources and/or across channels. In
accordance with embodiments of the present invention, at
step S301, the directional audio signals in the source audio
content may be extracted by any suitable approaches, and
the remaining signals are diffusive audio signals.
Approaches for extracting the directional audio signals may
include, but not limited to, principal components analysis
(PCA), independent component analysis, B-format analysis,
and the like. Considering the PCA based approach as an
example, it can operate on any channel configurations by
performing probability analysis based on pairs of eigenval-
ues. For example, for the source audio content with five
channels including left (L), right (R), central (C), left
surround (Ls), and right surround (Rs) channels, the PCA
may be applied on several pairs (for example, ten pairs) of
channels, respectively, with the respective stereo directional
signals and diffusive signals output.

Traditionally, the PCA-based separation is usually applied
to two-channel pairs. In accordance with embodiments of
the present invention, the PCA may be extended to multi-
channel audio signals to achieve more effective signal
component decomposition of the source audio content.
Specifically, for the source audio content including C chan-
nels, it is assumed that D directional sources are distributed
over the C channels, and that C diffusive audio signals, each
of which is represented by one channel, are weakly corre-
lated with directional sources and/or across C channels. In
accordance with embodiments of the present invention, the
model of each channel may be defined as a sum of an
ambient signal and directional audio signals which are
weighted in accordance with their spatial perceived posi-
tions. The time domain multichannel signal X ~(x;, . . .,
x_)¥ may be represented as:

D
X)) = D [geal®) Su®] + Aclt)

d=1

wherein ce[1, . . ., C], and g_ (1) represents a panning gain
applied to the directional sources S,=(S,, . . ., S;,)” of the
cth channel. The diffusive audio signals A ~(A,, ..., AT
are distributed over all the channels.

Based on the above model, the PCA may be applied on the
Short Time Fourier Transform (STFT) signals per frequency
sub-band. Absolute values of the STFT signal are denoted as
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X, ;s Where be[1, . . ., B] represents the STFT frequency
bin index, te[1, . . ., T] represents the STFT frame index, and
cell, . . ., C] represents the channel index.

For each frequency band be[l, . . . , B] (for sake of
discussion, b is omitted for the following symbols), a
covariance matrix with respect to the source audio content
may be calculated, for example, by computing correlations
among the channels. The resulting C*C covariance matrix
may be smoothed with an appropriate time constant. Then
eigenvector decomposition is performed to obtain eigenval-
ues A >A,>Ay> ... >h - and eigenvectors vy, Vs, . . ., Ve
Next, for each channel c=1 . . . C, the pair of eigenvalue A,
A, are compared, and a z-score is calculated:

z=abs (A=A ) (hethert)s

wherein abs represents an absolution function. Then the
probability for diffusivity or ambiance may be calculated by
analyzing the decomposed signal components. Specifically,
larger z indicates smaller probability for diffusivity. Based
on the z-score, the probability for diffusivity may be calcu-
lated in a heuristic manner based on a normalized cumula-
tive distribution function (cdf)/complementary error func-
tion (erfc):

p= erfc(— %]

In the meantime, the probability for diffusivity for channel
¢ is updated as follows:

po~max(p,p)

Deri=Max(pg,1,0)-

We denote the final diffusive audio signal as A, and the final
directional audio signal as S_. Thus, for each channel c,

A=Xp.

Se=Xer(1=po)-

It should be noted that the above description is only an
example and should not be constructed as a limitation to the
scope of the present invention. For example, any other
process or metric based on comparison of eigenvalues of the
covariance or correlation matrix of the signals may be used
to estimate the amount of diffuseness or diffuseness com-
ponent level of the signals such as by their ratio, difference,
quotient, and the like. Moreover, in some embodiments,
signals of the source audio content may be filtered, and then
the covariance is estimated based on the filtered signal. As
an example, the signals may be filtered by a quadrature
mirror filter. Alternatively or additionally, the signals may be
filtered or band-limited by any other filtering means. In some
other embodiments, envelopes of the signals of the source
audio content may be used to calculate the covariance or
correlation matrix.

Continuing reference to FIG. 3, the method 300 then
proceeds to step S302, where at least one audio object is
extracted from the directional audio signals obtained at step
S301. Compared with directly extracting audio objects from
the source audio content, extracting audio objects from the
directional audio signals may remove the interference by the
diffusive audio signal components, such that the audio object
extraction and metadata estimation can be performed more
accurately. Moreover, by applying further directional and
diffusive signal decomposition, the diffusiveness of the
extracted objects may be adjusted. It also helps to facilitate
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the re-authoring process of the adaptive audio content,
which will be described below. It should be appreciated that
the scope of the present invention is not limited to extracting
audio objects from the directional audio signals. Various
operations and features as described herein are as well
applicable to the original signal of the source audio content
or any other signal components decomposed from the origi-
nal audio signal.

In accordance with embodiments of the present invention,
the audio object extraction at step S302 may be done by a
spatial source separation process, which process may be
performed in two steps. First, spectrum composition may be
conducted on each of multiple or all frames of the source
audio content. The spectrum composition is based on the
assumption that if an audio object exists in more than one
channel, its spectrum in these channels tends to have high
similarities in terms of envelop and spectral shape. There-
fore, for each frame, the whole frequency range may be
divided into multiple sub-bands, and then the similarities
between these sub-bands are measured. In accordance with
embodiments of the present invention, for audio content
with a relatively shorter duration (for example, less than 80
ms), it is possible to compare the similarity of spectrum
between sub-bands. For audio content with longer duration,
the sub-band envelop coherence may be compared. Any
other suitable sub-band similarity metrics are possible as
well. Then various clustering techniques may be applied to
aggregate the sub-bands and channels from the same audio
object. For example, in one embodiment, a hierarchical
clustering technique may be applied. Such technique sets a
threshold of the lowest similarity score, and then automati-
cally identifies similar channels and the number of clusters
based on the comparison with the threshold. As such,
channels containing the same object can be identified and
aggregated in each frame.

Next, for the channels containing the same object as
identified and aggregated in the single-frame object spec-
trum composition, temporal composition may be performed
across the multiple frames so as to composite a complete
audio object along time. In accordance with embodiments of
the present invention, any suitable techniques, no matter
already known or developed in the future, may be applied to
composite the complete audio objects across multiple
frames. Examples of such techniques include, but not lim-
ited to: dynamic programming, which aggregates the audio
object components by using a probabilistic framework;
clustering, which aggregates components from the same
audio object, based on their feature consistency and tempo-
ral constraints; multi-agent technique which can be applied
to track the occurrence of multiple audio objects, as different
audio objects usually show and disappear at different time
points; Kalman filtering, which may track audio objects over
time, and so forth.

It should be appreciated that for the single-frame spec-
trum composition or multi-frame temporal composition as
described above, whether the sub-bands/channels/frames
contain the same audio object may be determined based on
spectral continuity and spatial consistency. For example, in
the multi-frame temporal composition processing such as
clustering and dynamic programming, audio objects may be
aggregated based on one or more of the following so as to
form a temporal complete audio object: direction/position,
diffusiveness, DDR, on/offset synchrony, harmonicity
modulations, pitch and pitch fluctuation, saliency/partial
loudness/energy, repetitiveness, and the like.

Specifically, in accordance with embodiments of the pres-
ent invention, the diffusive audio signal A, (or a portion

20

25

30

35

40

45

50

55

60

65

8

thereof) as obtained at step S301 may be regarded as one or
more audio objects. For example, each of the individual
signals A_ may be output as an audio object with a position
corresponding to the assumed location of the corresponding
loudspeaker. Alternatively, the signals A, may be down
mixed to create a mono signal. Such mono signal may be
labeled as being diffuse or having a large object size in its
associated metadata. On the other hand, after performing the
audio object extraction on the directional signals, there may
be some residual signals. In accordance with some embodi-
ments, such residual signals components may be put into the
audio beds as described below.

We continue reference to FIG. 3, at step S303, channel-
based audio beds are generated based on the source audio
content. It should be noted that though the audio bed
generation is shown to be performed after the audio object
extraction, the scope of the present invention is not limited
in this regard. In alternative embodiments, the audio beds
may be generated prior to or parallel with the extraction of
the audio objects.

Generally speaking, the audio beds contain the audio
signal components represented in a channel-based format. In
accordance with some embodiments, as discussed above, the
source audio content is decomposed at step S301. In such
embodiments, the audio beds may be generated from the
diffusive signals decomposed from the source audio content.
That is, the diffusive audio signals may be represented in
channel-based format to serve as the audio beds. Alterna-
tively or additionally, it is possible to generate the audio
beds from the residual signal components after the audio
objects extraction.

Specifically, in accordance with some embodiments, in
addition to the channels present in the source audio contents,
one or more additional channels may be created to make the
generated audio beds more immersive and lifelike. For
example, it is known that the traditional channel-based audio
content usually does not include height information. In
accordance with some embodiments, at least one height
channel may be created by applying ambiance upmixer at
step S303 such that the source audio information is
extended. In this way, the generated audio beds will be more
immersive and lifelike. Any suitable upmixers, such as Next
Generation Surround or Pro logic IIx decoder, may be used
in connection with embodiments of the present invention.
Considering the source audio content of the surround 5.1
format as an example, a passive matrix may be applied to the
Ls and Rs outputs to create out-of-phase components of the
Ls and Rs channels in the ambiance signal, which will be
used as the height channels L.vh and Rvh, respectively.

With reference to FIG. 4, in accordance with some
embodiments, the upmixing may be done in the following
two stages. First, out-of-phase content in the Ls and Rs
channels may be calculated and redirected to the height
channels, thereby creating a single height output channel C'.
Then the channels L', R', Ls' and Rs' are calculated. Next, the
channels L', R', Ls', and Rs' are mapped to the Ls, Rs, Lrs,
and Rrs outputs, respectively. Finally, the derived height
channel C' is attenuated, for example, by 3 dB and is mapped
to the Lvh and Rvh outputs. As such, the height channel C'
is split to feed two height speaker outputs. Optionally, delay
and gain compensation may be applied to certain channels.

In accordance with some embodiments, the upmixing
process may comprise the use of decorrelators to create
additional signals that are mutually independent from their
input(s). The decorrelators may comprise, for example,
all-pass filters, all-pass delay sections, reverberators, and so
forth. In these embodiments, the signals Lvh, Rvh, Lrs, and
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Rrs may be generated by applying decorrelation to one or
more of the signals L, C, R, Ls, and Rs. It should be
appreciated that any upmixing technique, no matter already
known or developed in the future, may be used in connection
with embodiments of the present invention.

The channel-based audio beds are composed of the height
channels created by ambiance upmixing and other channels
of the diffusive audio signals in the source audio content. It
should be appreciated that creation of height channels at step
S303 is optional. For example, in accordance with some
alternative embodiments, the audio beds may be directly
generated based on the channels of the diffusive audio
signals in the source audio content without channel exten-
sion. Actually, the scope of the present invention is not
limited to generate the audio beds from the diffusive audio
signals as well. As described above, in those embodiments
where the audio objects are directly extracted from the
source audio contents, the remaining signal after the audio
object extraction may be used to generate the audio beds.

The method 300 then proceeds to step S304, where
metadata associated with the adaptive audio content are
generated. In accordance with embodiments of the present
invention, the metadata may be estimated or calculated
based on at least one of the source audio content, the one or
more extracted audio objects, and the audio beds. The
metadata may range from the high level semantic metadata
till low level descriptive information. For example, in accor-
dance with some embodiments, the metadata may include
mid-level attributes including onsets, offsets, harmonicity,
saliency, loudness, temporal structures, and so forth. Alter-
natively or additionally, the metadata may include high-level
semantic attributes including music, speech, singing voice,
sound effects, environmental sounds, foley, and so forth.

Specifically, in accordance with some embodiments, the
metadata may comprise spatial metadata representing spatial
attributes such as position, size, width, and the like of the
audio objects. For example, when the spatial metadata to be
estimated is the azimuth angle (denoted as ., 0=a<27) of the
extracted audio object, typical panning laws (for example,
the sine-cosine law) may be applied. In the sine-cosine law,
the amplitude of the audio object may be distributed to two
channels/speakers (denoted as c, and c,) in the following
way:

go=Preos()

g=Psin(a’)
where g, and g, represent the amplitude of two channels, [
represents the amplitude of the audio object, and o' is its
azimuth angle between the two channels. Correspondingly,
based on the g, and g, the azimuth angle o' may be
calculated as:

;_ 81— 8o
o _argtan(g—l +g0)+7r/4

Thus, to estimate the azimuth angle o of an audio object, the
top-two channels with highest amplitudes may be first
detected, and the azimuth o' between these two channels are
estimated. Then a mapping function may be applied to o'
based on the indexes of the selected two channels to obtain
the final trajectory parameter o. The estimated metadata
may give an approximate reference of the original creative
intent of the source audio content in terms of spatial trajec-
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In some embodiments, the estimated position of an audio
object may have an x and y coordinate in a Cartesian
coordinate system, or may be represented by an angle.
Specifically, in accordance with embodiments of the present
invention, the x and y coordinates of an object can be
estimated as:

poz Lexcge
T Lege
by = Zcyege
YT g

where x_ and y, are the x and y coordinates of the loud-
speaker corresponding to the channel c.

The method 300 then proceeds to step S305, where the
re-authoring process is performed on the adaptive audio
content that may contains both the audio objects and the
channel-based audio beds. It will be appreciated that there
may be certain artifacts in the audio objects, the audio beds,
and/or the metadata. As a result, it may be desirable to adjust
or modify the results obtained at steps S301 to S304.
Moreover, the end users may be given to have a certain
control on the generated adaptive audio content.

In accordance with some embodiments, the re-authoring
process may comprise audio object separation which is used
to separate the audio objects that are at least partially
overlapped with each other among the extracted audio
objects. It can be appreciated that in the audio objects
extracted at step S302, two or more audio objects might be
at least partially overlapped with one another. For example,
FIG. 5A shows two audio objects that are overlapped in a
part of channels (central C channel in this case), wherein one
audio object is panned between [ and C channels while the
other is panned between C and R channels. FIG. 5B shows
a scenario where two audio objects are partially overlapped
in all channels.

In accordance with embodiments of the present invention,
the audio object separation process may be an automatic
process. Alternatively, the object separation process may be
a semi-automatic process. A user interface such as a graphi-
cal user interface (GUI) may be provided such that the user
may interactively select the audio objects to be separated, for
example, by indicating a period of time in which there are
overlapped audio objects. Accordingly, the object separation
processing may be applied to the audio signals within that
period of time. Any suitable techniques for separating audio
objects, no matter already known or developed in the future,
may be used in connection with embodiments of the present
invention.

Moreover, in accordance with embodiments of the present
invention, the re-authoring process may comprise control-
ling and moditying the attributes of the audio objects. For
example, based on the separated audio objects and their
respective time-dependent and channel-dependent gains G, ,
and A, , the energy level of the audio objects may be
changed. In addition, it is possible to reshape the audio
objects, for example, changing the width and size of an
audio object.

Alternatively or additionally, the re-authoring process at
step S305 may allow the user to interactively manipulate the
audio object, for example, via the GUI. The manipulation
may include, but not limited to, changing the spatial position
or trajectory of the audio object, mixing the spectrum of
several audio objects into one audio object, separating the
spectrum of one audio object into several audio objects,
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concatenating several objects along time to form one audio
object, slicing one audio object along time into several audio
objects, and so forth.

Returning to FIG. 3, if the metadata associated with the
adaptive audio content is estimated at step S304, then the
method 300 may proceed to step S306 to edit such metadata.
In accordance with some embodiments, the edit of the
metadata may comprise manipulating spatial metadata asso-
ciated with the audio objects and/or the audio beds. For
example, the metadata such as spatial position/trajectory and
width of an audio object may be adjusted or even re-
estimated using the gains G, , and A, _ of the audio object.
For example, the spatial metadata described above may be
updated as:

aﬂ(GA1 GAO] z
&= AN e T G A, T d

where G represents the time-dependent gain of the audio
object, and A, and A, represent the top-two highest channel-
dependent gains of the audio object among different chan-
nels.

Further, the spatial metadata may be used as the reference
in ensuring the fidelity of the source audio content, or serve
as a base for new artistic creation. For example, an extracted
audio object may be re-positioned by modifying the asso-
ciated spatial metadata. For example, as shown in FIG. 6, the
two-dimensional trajectory of an audio object may be
mapped to a predefined hemisphere by editing the spatial
metadata to generate a three-dimensional trajectory.

Alternatively, in accordance with some embodiments, the
metadata edit may include controlling gains of the audio
objects. Alternatively or additionally, the gain control may
be performed for the channel-based audio beds. For
example, in some embodiments, the gain control may be
applied to the height channels that do not exist in the source
audio content.

The method 300 ends after step S306, in this particular
example.

As mentioned above, although various operations
described in method 300 may facilitate the generation of the
adaptive audio content, one or more of them may be omitted
in some alternative embodiments of the present invention.
For example, without performing directional/diffusive sig-
nal decomposition, the audio objects may be directly
extracted from the signals of the source audio content, and
channel-based audio beds may be generated from the
residual signals after the audio object extraction. Moreover,
it is possible not to generate the additional height channels.
Likewise, the generation of the metadata and the re-author-
ing of the adaptive audio content are both optional. The
scope of the present invention is not limited in these regards.

Referring to FIG. 7, a block diagram of a system 700 for
generating adaptive audio content in accordance with one
example embodiment of the present invention is shown. As
shown, the system 700 comprises: an audio object extractor
701 configured to extract at least one audio object from
channel-based source audio content; and an adaptive audio
generator 702 configured to generate the adaptive audio
content at least partially based on the at least one audio
object.

In accordance with some embodiments, the audio object
extractor 701 may comprise: a signal decomposer config-
ured to decompose the source audio content into a direc-
tional audio signal and a diffusive audio signal. In these
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embodiments, the audio object extractor 701 may be con-
figured to extract the at least one audio object from the
directional audio signal. In some embodiments, the signal
decomposer may comprise: a component decomposer con-
figured to perform signal component decomposition on the
source audio content; and a probability calculator configured
to calculate probability for diffusivity by analyzing the
decomposed signal components.

Alternatively or additionally, in accordance with some
embodiments, the audio object extractor 701 may comprise:
a spectrum composer configured to perform, for each of a
plurality of frames in the source audio content, spectrum
composition to identify and aggregate channels containing a
same audio object; and a temporal composer configured to
perform temporal composition of the identified and aggre-
gated channels across the plurality of frames to form the at
least one audio object along time. For example, the spectrum
composer may comprise a frequency divisor configured to
divide, for each of the plurality of frames, a frequency range
into a plurality of sub-bands. Accordingly, the spectrum
composer may be configured to identify and aggregate the
channels containing the same audio object based on simi-
larity of at least one of envelop and spectral shape among the
plurality of sub-bands.

In accordance with some embodiments, the system 700
may comprise an audio bed generator 703 configured to
generate a channel-based audio bed from the source audio
content. In such embodiments, the adaptive audio generator
702 may be configured to generate the adaptive audio
content based on the at least one audio object and the audio
bed. In some embodiments, as discussed above, the system
700 may comprise a signal decomposer configured to
decompose the source audio content into a directional audio
signal and a diffusive audio signal. Accordingly, the audio
bed generator 703 may be configured to generate the audio
bed from the diffusive audio signal.

In accordance with some embodiments, the audio bed
generator 703 may comprise a height channel creator con-
figured to create at least one height channel by ambiance
upmixing the source audio content. In these embodiments,
the audio bed generator 703 may be configured to generate
the audio bed from a channel of the source audio content and
the at least one height channel.

In accordance with some embodiments, the system 700
may further comprise a metadata estimator 704 configured
to estimate metadata associated with the adaptive audio
content. The metadata may be estimated based on the source
audio content, the at least one audio object, and/or the audio
beds (if any). In these embodiments, the system 700 may
further comprise a metadata editor configured to edit the
metadata associated with the adaptive audio content. Spe-
cifically, in some embodiments, the metadata editor may
comprise a gain controller configured to control a gain of the
adaptive audio content, for example, gains of the audio
objects and/or the channel-based audio beds.

In accordance with some embodiments, the adaptive
audio generator 702 may comprise a re-authoring controller
configured to perform re-authoring to the at least one audio
object. For example, the re-authoring controller may com-
prise at least one of the following: an object separator
configured to separate audio objects that are at least partially
overlapped among the at least one audio object; an attribute
modifier configured to modify an attribute associated with
the at least one audio object; and an object manipulator
configured to interactively manipulate the at least one audio
object.
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For sake of clarity, some optional components of the
system 700 are not shown in FIG. 7. However, it should be
appreciated that the features as described above with refer-
ence to FIGS. 2-3 are all applicable to the system 700.
Moreover, the components of the system 700 may be a
hardware module or a software unit module. For example, in
some embodiments, the system 700 may be implemented
partially or completely with software and/or firmware, for
example, implemented as a computer program product
embodied in a computer readable medium. Alternatively or
additionally, the system 700 may be implemented partially
or completely based on hardware, for example, as an inte-
grated circuit (IC), an application-specific integrated circuit
(ASIC), a system on chip (SOC), a field programmable gate
array (FPGA), and so forth. The scope of the present
invention is not limited in this regard.

Referring to FIG. 8, a block diagram of an example
computer system 800 suitable for implementing embodi-
ments of the present invention is shown. As shown, the
computer system 800 comprises a central processing unit
(CPU) 801 which is capable of performing various processes
in accordance with a program stored in a read only memory
(ROM) 802 or a program loaded from a storage section 808
to a random access memory (RAM) 803. In the RAM 803,
data required when the CPU 801 performs the various
processes or the like is also stored as required. The CPU 801,
the ROM 802 and the RAM 803 are connected to one
another via a bus 804. An input/output (I/O) interface 805 is
also connected to the bus 804.

The following components are connected to the 1/O
interface 805: an input section 806 including a keyboard, a
mouse, or the like; an output section 807 including a display
such as a cathode ray tube (CRT), a liquid crystal display
(LCD), or the like, and a loudspeaker or the like; the storage
section 808 including a hard disk or the like; and a com-
munication section 809 including a network interface card
such as a LAN card, a modem, or the like. The communi-
cation section 809 performs a communication process via
the network such as the internet. A drive 810 is also
connected to the I/O interface 805 as required. A removable
medium 811, such as a magnetic disk, an optical disk, a
magneto-optical disk, a semiconductor memory, or the like,
is mounted on the drive 810 as required, so that a computer
program read therefrom is installed into the storage section
808 as required.

Specifically, in accordance with embodiments of the pres-
ent invention, the processes described above with reference
to FIGS. 2-3 may be implemented as computer software
programs. For example, embodiments of the present inven-
tion comprise a computer program product including a
computer program tangibly embodied on a machine readable
medium, the computer program including program code for
performing method 200 and/or method 300. In such embodi-
ments, the computer program may be downloaded and
mounted from the network via the communication unit 809,
and/or installed from the removable memory unit 811.

Generally speaking, various example embodiments of the
present invention may be implemented in hardware or
special purpose circuits, software, logic or any combination
thereof. Some aspects may be implemented in hardware,
while other aspects may be implemented in firmware or
software which may be executed by a controller, micropro-
cessor or other computing device. While various aspects of
the example embodiments of the present invention are
illustrated and described as block diagrams, flowcharts, or
using some other pictorial representation, it will be appre-
ciated that the blocks, apparatus, systems, techniques or
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methods described herein may be implemented in, as non-
limiting examples, hardware, software, firmware, special
purpose circuits or logic, general purpose hardware or
controller or other computing devices, or some combination
thereof.

Additionally, various blocks shown in the flowcharts may
be viewed as method steps, and/or as operations that result
from operation of computer program code, and/or as a
plurality of coupled logic circuit elements constructed to
carry out the associated function(s). For example, embodi-
ments of the present invention include a computer program
product comprising a computer program tangibly embodied
on a machine readable medium, the computer program
containing program codes configured to carry out the meth-
ods as described above.

In the context of the disclosure, a machine readable
medium may be any tangible medium that can contain, or
store a program for use by or in connection with an instruc-
tion execution system, apparatus, or device. The machine
readable medium may be a machine readable signal medium
or a machine readable storage medium. A machine readable
medium may include but not limited to an electronic,
magnetic, optical, electromagnetic, infrared, or semiconduc-
tor system, apparatus, or device, or any suitable combination
of the foregoing. More specific examples of the machine
readable storage medium would include an electrical con-
nection having one or more wires, a portable computer
diskette, a hard disk, a random access memory (RAM), a
read-only memory (ROM), an erasable programmable read-
only memory (EPROM or Flash memory), an optical fiber,
a portable compact disc read-only memory (CD-ROM), an
optical storage device, a magnetic storage device, or any
suitable combination of the foregoing.

Computer program code for carrying out methods of the
present invention may be written in any combination of one
or more programming languages. These computer program
codes may be provided to a processor of a general purpose
computer, special purpose computer, or other programmable
data processing apparatus, such that the program codes,
when executed by the processor of the computer or other
programmable data processing apparatus, cause the func-
tions/operations specified in the flowcharts and/or block
diagrams to be implemented. The program code may
execute entirely on a computer, partly on the computer, as a
stand-alone software package, partly on the computer and
partly on a remote computer or entirely on the remote
computer or server.

Further, while operations are depicted in a particular
order, this should not be understood as requiring that such
operations be performed in the particular order shown or in
sequential order, or that all illustrated operations be per-
formed, to achieve desirable results. In certain circum-
stances, multitasking and parallel processing may be advan-
tageous. Likewise, while several specific implementation
details are contained in the above discussions, these should
not be construed as limitations on the scope of any invention
or of what may be claimed, but rather as descriptions of
features that may be specific to particular embodiments of
particular inventions. Certain features that are described in
this specification in the context of separate embodiments can
also be implemented in combination in a single embodi-
ment. Conversely, various features that are described in the
context of a single embodiment can also be implemented in
multiple embodiments separately or in any suitable sub-
combination.

Various modifications, adaptations to the foregoing
example embodiments of this invention may become appar-
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ent to those skilled in the relevant arts in view of the
foregoing description, when read in conjunction with the
accompanying drawings. Any and all modifications will still
fall within the scope of the non-limiting and example
embodiments of this invention. Furthermore, other embodi-
ments of the inventions set forth herein will come to mind
to one skilled in the art to which these embodiments of the
invention pertain having the benefit of the teachings pre-
sented in the foregoing descriptions and the drawings.

Accordingly, the present invention may be embodied in
any of the forms described herein. For example, the follow-
ing enumerated example embodiments (EEEs) describe
some structures, features, and functionalities of some
aspects of the present invention.

EEE 1. A method for generating adaptive audio content,
the method comprising: extracting at least one audio object
from channel-based source audio content; and generating the
adaptive audio content at least partially based on the at least
one audio object.

EEE 2. The method according to EEE 1, wherein extract-
ing the at least one audio object comprises: decomposing the
source audio content into a directional audio signal and a
diffusive audio signal; and extracting the at least one audio
object from the directional audio signal.

EEE 3. The method according to EEE 2, wherein decom-
posing the source audio content comprises: performing
signal component decomposition on the source audio con-
tent; calculating probability for diffusivity by analyzing the
decomposed signal components; and decomposing the
source audio content based on the probability for diffusivity.

EEE 4. The method according to EEE 3, wherein the
source audio content contains multiple channels, and
wherein the signal component decomposition comprises:
calculating the covariance matrix by computing correlations
among the multiple channels; performing eigenvector
decomposition on the covariance matrix to obtain eigenvec-
tors and eigenvalues; and calculating the probability for
diffusivity based on differences between pairs of contingent
eigenvalues.

EEE 5. The method according to EEE 4, wherein the
probability for diffusivity is calculated as

p= erfc(— %]

wherein z=abs(A—h_, )/ (A +h., ), A>ho>hs> ... > are
the eigenvectors, abs represents an absolution function, and
erfc represents a complementary error function.

EEE 6. The method according to EEE 5, further compris-
ing: updating the probability for diffusive for channel ¢ as
p.—max (p,, p) and p,,=max (p.,., p)-

EEE 7. The method according to any of EEEs 4 to 6,
further comprising: smoothing the covariance matrix.

EEE 8. The method according to any of EEEs 3 to 7,
wherein the diffusive audio signal is obtained by multiplying
the source audio content with the probability for diffusivity,
and the directional audio signal is obtained by subtracting
the diffusive audio signal from the source audio content.

EEE 9. The method according to any of EEEs 3 to 8,
wherein the signal component decomposition is performed
based on cues of spectral continuity and spatial consistency
including at least one of the: direction, position, diffusive-
ness, direct-to-reverberant ratio, on/offset synchrony, har-
monicity modulations, pitch, pitch fluctuation, saliency, par-
tial loudness, repetitiveness.
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EEE 10. The method according to any of EEEs 1 to 9,
further comprising: manipulating the at least one audio
object in a re-authoring process, including at least one of the
following: merging, separating, connecting, splitting, repo-
sitioning, reshaping, level-adjusting the at least one audio
object; updating time-dependent gains and channel-depen-
dent gains for the at least one audio object; applying an
energy-preserved downmixing on the at least one audio
object and gains to generate a mono object track; and
incorporating residual signals into the audio bed.

EEE 11. The method according to any of EEEs 1 to 10,
further comprising: estimating metadata associated with the
adaptive audio content.

EEE 12. The method according to EEE 11, wherein
generating the adaptive audio content comprises editing the
metadata associated with the adaptive audio content.

EEE 13. The method according to EEE 12, wherein
editing the metadata comprises re-estimating spatial posi-
tion/trajectory metadata based on time-dependent gains and
channel-dependent gains of the at least one audio object.

EEE 14. The method according to EEE 13, wherein the
spatial metadata is estimated based on time-dependent and
channel-dependent gains of the at least one audio object.

EEE 15. The method according to EEE 14, wherein the
spatial metadata is estimated as

B an(G-Al—G-AO)+7r
it VR venreayyy Ry

wherein G represents the time-dependent gain of the at least
one audio object, and A, and A, represent top-two highest
channel-dependent gains of the at least one audio object
among different channels.

EEE 16. The method according to any of EEEs 11 to 15,
wherein spatial position metadata and a pre-defined hemi-
sphere shape are used to automatically generate a three-
dimension trajectory by mapping the estimated two dimen-
sional spatial position to the pre-defined hemisphere shape.

EEE 17. The method according to any of EEEs 11 to 16,
further comprising: automatically generating a reference
energy gain of the at least one audio object in a continuous
way by referring to saliency/energy metadata.

EEE 18. The method according to any of EEEs 11 to 17,
further comprising: creating a height channel by ambiance
upmixing the source audio content; and generating channel-
based audio beds from the height channel and surround
channels of the source audio content.

EEE 19. The method according to EEE 18, further com-
paring: applying a gain control on the audio beds by mul-
tiplying energy-preserved factors to the height channel and
the surround channels to modify a perceived hemisphere
height of ambiance.

EEE 20. A system for generating adaptive audio content,
comprising units configured to carry out the steps of the
method according to any of EEEs 1 to 19.

It will be appreciated that the embodiments of the inven-
tion are not to be limited to the specific embodiments
disclosed and that modifications and other embodiments are
intended to be included within the scope of the appended
claims. Although specific terms are used herein, they are
used in a generic and descriptive sense only and not for
purposes of limitation.
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What is claimed is:

1. A method for generating adaptive audio content, the
method comprising:

extracting at least one audio object from channel-based

source audio content, wherein extracting the at least

one audio object comprises:

decomposing the source audio content into a directional
audio signal and a diffusive audio signal, wherein
decomposing the source audio content comprises
performing signal component decomposition on the
source audio content and calculating a probability for
diffusivity by analyzing the decomposed signal com-
ponents; and

extracting the at least one audio object from the direc-
tional audio signal; and

generating the adaptive audio content at least partially

based on the at least one audio object.
2. The method according to claim 1, wherein extracting
the at least one audio object comprises:
performing, for each of a plurality of frames in the source
audio content, spectrum composition to identify and
aggregate channels containing a same audio object; and

performing temporal composition of the identified and
aggregated channels across the plurality of frames to
form the at least one audio object along time.

3. The method according to claim 2, wherein identifying
and aggregating the channels containing the same audio
object comprises:

dividing, for each of the plurality of frames, a frequency

range into a plurality of sub-bands; and

identifying and aggregating the channels containing the

same audio object based on similarity of at least one of
signal envelope and spectral shape among the plurality
of sub-bands.

4. The method according to claim 1, further comprising:

generating a channel-based audio bed from the source

audio content; and

wherein generating the adaptive audio content comprises

generating the adaptive audio content based on the at
least one audio object and the audio bed.

5. The method according to claim 4, wherein generating
the audio bed comprises:

decomposing the source audio content into a directional

audio signal and a diffusive audio signal; and
generating the audio bed from the diffusive audio signal.

6. The method according to claim 4, wherein generating
the audio bed comprises:

creating at least one height channel by ambience upmix-

ing the source audio content; and

generating the audio bed from a channel of the source

audio content and the at least one height channel.

7. The method according to claim 1, further comprising:

estimating metadata associated with the adaptive audio

content.

8. The method according to claim 7, wherein generating
the adaptive audio content comprises editing the metadata
associated with the adaptive audio content.

9. The method according to claim 8, wherein editing the
metadata comprises controlling a gain of the adaptive audio
content.

10. The method according to claim 1, wherein generating
the adaptive audio content comprises:

performing re-authoring of the at least one audio object,

the re-authoring comprising at least one of:
separating audio objects that are at least partially over-
lapped among the at least one audio object;
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modifying an attribute associated with the at least one
audio object; and

interactively manipulating the at least one audio object.

11. A computer program product, comprising a computer

program tangibly embodied on a non-transitory machine

readable medium, the computer program containing pro-

gram code for performing the method according to claim 1.

12. A system for generating adaptive audio content, the

system comprising:

an audio object extractor configured to extract at least one
audio object from channel-based source audio content,
wherein extracting the at least one audio object com-
prises:
decomposing the source audio content into a directional

audio signal and a diffusive audio signal, wherein
decomposing the source audio content comprises
performing signal component decomposition on the
source audio content and calculating a probability for
diffusivity by analyzing the decomposed signal com-
ponents; and

extracting the at least one audio object from the direc-
tional audio signal; and
an adaptive audio generator configured to generate the

adaptive audio content at least partially based on the
at least one audio object.

13. The system according to claim 12, wherein the audio

object extractor comprises:

a spectrum composer configured to perform, for each of
a plurality of frames in the source audio content,
spectrum composition to identify and aggregate chan-
nels containing a same audio object; and

a temporal composer configured to perform temporal
composition of the identified and aggregated channels
across the plurality of frames to form the at least one
audio object along time.

14. The system according to claim 13, wherein the spec-

trum composer comprises:

a frequency divisor configured to divide, for each of the
plurality of frames, a frequency range into a plurality of
sub-bands; and

wherein the spectrum composer is configured to identify
and aggregate the channels containing the same audio
object based on similarity of at least one of signal
envelope and spectral shape among the plurality of
sub-bands.

15. The system according to claim 12, further comprising:

an audio bed generator configured to generate a channel-
based audio bed from the source audio content; and

wherein the adaptive audio generator is configured to
generate the adaptive audio content based on the at
least one audio object and the audio bed.

16. The system according to claim 15, further comprising:

a signal decomposer configured to decompose the source
audio content into a directional audio signal and a
diffusive audio signal; and

wherein the audio bed generator is configured to generate
the audio bed from the diffusive audio signal.

17. The system according to claim 15, wherein the audio

bed generator comprises:

a height channel creator configured to create at least one
height channel by ambience upmixing the source audio
content; and

wherein the audio bed generator is configured to generate
the audio bed from a channel of the source audio
content and the at least one height channel.
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18. The system according to claim 12, further comprising:

a metadata estimator configured to estimate metadata
associated with the adaptive audio content.

19. The system according to claim 18, further comprising:

a metadata editor configured to edit the metadata associ-
ated with the adaptive audio content.

20. The system according to claim 19, wherein the meta-
data editor comprises a gain controller configured to control
a gain of the adaptive audio content.

21. The system according to claim 12, wherein the adap-
tive audio generator comprises:

a re-authoring controller configured to perform re-author-
ing of the at least one audio object, the re-authoring
controller comprising at least one of:
an object separator configured to separate audio objects

that are at least partially overlapped among the at
least one audio object;
an attribute modifier configured to modify an attribute
associated with the at least one audio object; and
an object manipulator configured to interactively
manipulate the at least one audio object.
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