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METHODS, APPARATUS AND SYSTEMS FOR DIRECTIONAL
AUDIO CODING-SPATIAL RECONSTRUCTION AUDIO

PROCESSING
TECHNICAL FIELD
[0001] This disclosure relates generally to audio processing.
1.0 Background
[0002] Spatial Reconstruction (SPAR) and Directional Audio Coding (DirAC) are

separate spatial audio coding technologies that each seek to represent an input spatial audio
scene in a compact way to enable transmission with a good trade-off between audio quality and
bitrate. One such input format for a spatial audio scene is an Ambisonics representation (e.g.,
first-order Ambisonics (FOA) or higher-order Ambisonics (HOA)).

[0003] SPAR seeks to maximize perceived audio quality while minimizing bitrate by
reducing the energy of the transmitted audio data while still allowing the second-order statistics
of the Ambisonics audio scene (i.e. the covariance) to be reconstructed at the decoder side
using transmitted metadata. SPAR seeks to faithfully reconstruct the input Ambisonics scene
at the output of the decoder.

[0004] DirAC is a technology which represents spatial audio scenes as a collection of
directions of arrival (DOA) in time-frequency tiles. From this representation, a similar-
sounding scene can be reproduced in a different output format (e.g., binaural). Notably, in the
context of Ambisonics, the DirAC representation allows a decoder to produce higher-order
output from low-order input (blind upmix). DirAC seeks to preserve direction and diffuseness
of the dominant sounds in the input scene.

[0005] Both DirAC and SPAR have different strengths and properties. It is therefore
desirable to combine the complementary aspects of DirAC and SPAR (e.g., higher audio
quality, reduced bitrate, input/output format flexibility and/or reduced computational
complexity) into a coder/decoder (“codec™), such as an Ambisonics codec.

1.1  Example IVAS Codec Framework

[0006] FIG. 1 is a block diagram of an immersive voice and audio services (IVAS)
coder/decoder (“codec”) framework 100 for encoding and decoding IVAS bitstreams,
according to one or more implementations. IVAS is expected to support a range of audio
service capabilities, including but not limited to mono to stereo upmixing and fully immersive
audio encoding, decoding and rendering. IVAS is also intended to be supported by a wide

range of devices, endpoints, and network nodes, including but not limited to: mobile and smart
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phones, electronic tablets, personal computers, conference phones, conference rooms, virtual
reality (VR) and augmented reality (AR) devices, home theatre devices, and other suitable
devices.

[0007] IVAS codec 100 includes IVAS encoder 101 and IVAS decoder 104. IVAS
encoder 101 includes spatial encoder 102 that receives N channels of input spatial audio (e.g.,
FOA,HOA). In some implementations, spatial encoder 102 implements SPAR and DirAC for
analyzing/downmixing N_dmx spatial audio channels, as described in further detail below. The
output of spatial encoder 102 includes a spatial metadata (MD) bistream (BS) and N dmx
channels of spatial downmix. The spatial MD is quantized and entropy coded. In some
implementations, quantization can include fine, moderate, coarse and extra coarse quantization
strategies and entropy coding can include Huffman or Arithmetic coding. Core audio encoder
103 (e.g., a Enhanced Voice Services (EVS) encoding unit) encodes N dmx channels (N=1-16
channels) of the spatial downmix into an audio bitstream, which is combined with the spatial
MD bitstream into an IVAS encoded bitstream transmitted to IVAS decoder 104.

[0008] IVAS decoder 104 includes core audio decoder 105 (e.g., EVS decoder) that
decodes the audio bitstream extracted from the IVAS bitstream to recover the N dmx audio
channels. Spatial decoder/renderer 106 (e.g., SPAR/DirAC) decodes the spatial MD bistream
extracted from the IVAS bitstream to recover the spatial MD, and synthesizes/renders output
audio channels using the spatial MD and a spatial upmix for playback on various audio systems

with different speaker configurations and capabilities.

SUMMARY
[0009] Enclosed are embodiments for DirAC-SPAR audio processing.
[0010] In some embodiments, a method comprises: receiving, with at least one

processor, a multi-channel audio signal comprising a first set of channels; for a first set of
frequency bands:

computing, with the at least one processor, directional audio coding (DirAC) metadata from
the first set of channels; quantizing, with the at least one processor, the DirAC metadata;
encoding, with the at least one processor, the quantized DirAC metadata; converting, with the
at least one processor, the quantized DirAC metadata into two or more parameters of a first
spatial reconstruction (SPAR) metadata; for a second set of frequency bands that are lower than
the first set of frequency bands: computing, with the at least one processor, a second SPAR

metadata from the first set of channels; quantizing, with the at least one processor, the second
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SPAR metadata; encoding, with the at least one processor, the quantized second SPAR
metadata; generating, with the at least one processor, a downmix based on the first SPAR
metadata and the second SPAR metadata; computing, with the at least one processor, frequency
coefficients from the first set of channels; downmixing, with the at least one processor, to a
second set of channels from the coefficients and downmix; encoding, with the at least one
processor, the second set of channels; and outputting a bitstream including the encoded second
set of channels, the quantized and encoded second SPAR metadata and the quantized and

encoded DirAC metadata.

[0011] In some embodiments, the first set of channels are first order Ambisonic (FOA)
channels.
[0012] In some embodiments, one or more parameters in the first SPAR metadata for

the first set of frequency bands are coded in a bitstream rather than converted from DirAC
metadata.

[0013] In some embodiments, the first SPAR metadata parameters coded in the
bitstream are computed from a combination of DirAC metadata and an input covariance of the
first set of channels.

[0014] In some embodiments, the second set of channels includes a primary downmix
channel, wherein the primary downmix channel is obtained by applying gains to the first set of
channels and adding the gain-adjusted first set of channels together, wherein the gains are
computed from the DirAC metadata, wherein the primary downmix channel is a representation
of a dominant eigen signal for the first set of channels.

[0015] In some embodiments, a method comprises: receiving, with at least one
processor, a multi-channel audio signal comprising a first set of channels and a second set of
channels different than the first set of channels; for a first set of frequency bands: computing,
with the at least one processor, directional audio coding (DirAC) metadata from the first set of
channels; quantizing, with the at least one processor, the DirAC metadata; encoding, with the
at least one processor, the quantized DirAC metadata; converting, with the at least one
processor, the quantized DirAC metadata into two or more parameters of a first spatial
reconstruction (SPAR) metadata; for a second set of frequency bands that are lower than the
first set of frequency bands: computing, with the at least one processor, a second SPAR
metadata from the first set of channels and the second set of channels; quantizing, with the at
least one processor, the second SPAR metadata; encoding, with the at least one processor, the
quantized second SPAR metadata; generating, with the at least one processor, a downmix based

on the first SPAR metadata and the second SPAR metadata; computing, with the at least one



WO 2023/172865 PCT/US2023/063769

processor, frequency coefficients from the first set of channels and the second set of channels;
downmixing, with the at least one processor, to a third set of channels from the coefficients
and downmix; encoding, with the at least one processor, the third set of channels; and
outputting a bitstream including the encoded third set of channels, the quantized and encoded
second SPAR metadata and the quantized and encoded DirAC metadata.

[0016] In some embodiments, two or more parameters in the first SPAR metadata are
converted from DirAC metadata, and the second SPAR data is computed using an input
covariance.

[0017] In some embodiments, one or more parameters in the first SPAR metadata for
the first set of frequency bands are coded in a bitstream rather than converted from DirAC
metadata.

[0018] In some embodiments, the first SPAR metadata parameters coded in the
bitstream are computed from a combination of DirAC metadata and a covariance of the second
set of channels.

[0019] In some embodiments, the first SPAR metadata parameters coded in the
bitstream include prediction coefficients, cross-prediction coefficients and decorrelation
coefficients for the second set of channels

[0020] In some embodiments, the first set of channels are first order Ambisonic (FOA)
channels and the second set of channels include at least one of planar or non-planar higher
order Ambisonic (HOA) channels.

[0021] In some embodiments, the two or more parameters of the first SPAR metadata
are converted from DirAC metadata and the second SPAR metadata is computed and coded for
all frequency bands.

[0022] In some embodiments, the second SPAR metadata is computed from first and
second sets of channels and the first SPAR metadata.

[0023] In some embodiments, the DirAC metadata is estimated based on the input
covariance matrix.

[0024] In some embodiments, generating the SPAR metadata from DirAC metadata
comprises: approximating a second input covariance from the DirAC metadata and spherical
harmonics responses; and computing the two or more parameters in the SPAR metadata from
the second input covariance.

[0025] In some embodiments, one or more elements of the second input covariance are
generated using the DirAC metadata and decorrelation coefficients in the second SPAR

metadata.
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[0026] In some embodiments, one or more elements of the second input covariance are
generated from DirAC metadata, such that the decorrelation coefficients in the SPAR metadata
depend only on a diffuseness parameter in the DirAC metadata and normalization of
Ambisonics input and one or more constants.

[0027] In some embodiments, the third set of channels includes a primary downmix
channel, wherein the primary downmix channel is obtained by applying gains to the first set of
channels and adding the gain-adjusted first set of channels together, wherein the gains are
computed from the DirAC metadata, wherein the primary downmix channel is a representation
of a dominant eigen signal for the first set of channels.

[0028] In some embodiments, the DirAC metadata includes a diffuseness parameter
computed based on a reference power (£) and intensity (/) of the multichannel audio signal,
wherein £ and 7 are computed based on the input covariance.

[0029] In some embodiments, the first set of channels includes first order Ambisonic
(FOA) channels, and computation of the reference power in the DirAC metadata ensures that
the reference power is always greater than or equal to the variance of a W channel of the FOA
channels.

[0030] In some embodiments, the downmix is energy compensated in the first set of
frequency bands based on a ratio of a total variance of the first set of channels and a total
variance as per the second input covariance generated using the DirAC metadata.

[0031] In some embodiments, a method comprises: receiving, with at least one
processor, an encoded bitstream including encoded audio channels and metadata, the metadata
including a first directional audio coding (DirAC) metadata associated with a first frequency
band, and a first spatial reconstruction (SPAR) metadata associated with a second frequency
band that is lower than the first frequency band; decoding, with the at least one processor, the
first DirAC metadata and the first SPAR metadata; dequantizing, with the at least one
processor, the decoded first DirAC metadata and the first SPAR metadata; for the first
frequency band: converting, with the at least one processor, the dequantized first DirAC
metadata into two or more parameters of a second SPAR metadata; mixing, with the at least
one processor, the first and second SPAR metadata into a combined SPAR metadata; decoding,
with the at least one processor, the encoded audio channels; reconstructing, with the at least
one processor, downmix channels from the decoded audio channels; converting, with the at
least one processor, the downmix channels into a frequency banded domain; generating, with
the at least one processor, a SPAR upmix based on the combined SPAR metadata; upmixing,

with the at least one processor, the downmix channels in the frequency banded domain to a
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first set of channels based on the SPAR upmix; estimating, with the at least one processor, a
second DirAC metadata in the second frequency band from the first set of channels and zero
or more parameters in the first SPAR metadata; upmixing, with the at least one processor, the
first set of channels to a second set of channels in the frequency banded domain based on the
first and the second DirAC metadata; and converting, with the at least one processor, the second
set of channels from the frequency banded domain into a time domain.

[0032] In some embodiments, the downmix is converted into a frequency banded
domain using a filterbank (complex Low Delay Filter Bank).

[0033] In some embodiments, the first set of channels includes first order Ambisonics
(FOA) channels and zero or more higher order Ambisonics (HOA) channels.

[0034] In some embodiments, the HOA channels of the first set of channels include at
least one of planar HOA channels or non-planar HOA channels.

[0035] In some embodiments, the bitstream includes a third SPAR metadata that
corresponds to HOA channels of the first set of channels and the first frequency band.

[0036] In some embodiments, the DirAC metadata are estimated for a third set of
frequency bands including the first set of frequency bands and the second set of frequency
bands from first order Ambisonics (FOA) channels in the frequency banded domain.

[0037] In some embodiments, the DirAC metadata are estimated for a fourth set of
frequency bands that is a subset of the second set of frequency bands from SPAR metadata and
zero or more elements of a covariance generated using the downmix and the upmix in the fourth
set of frequency bands.

[0038] In some embodiments, computation of the DirAC metadata from SPAR
metadata for the fourth set of frequency bands comprises: computing direction of arrival angles
in DirAC metadata from prediction coefficients in SPAR metadata only;, and computing a
diffuseness parameter in the DirAC metadata from prediction coefficients and zero or more
decorrelation coefficients in the SPAR metadata and a scale factor.

[0039] In some embodiments, the encoded channels include first order Ambisonic
channels, and upmixing the downmix channels to a first set of channels in the first frequency
band comprises: computing an upmix scaling gain from the first DirAC metadata; and applying
the upmix scaling gain to the primary downmix channel to obtain the W channel of the first set
of channels in the first frequency band, wherein the primary downmix channel is a

representation of a dominant eigen signal for the first set of channels.
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[0040] In some embodiments, a non-transitory computer-readable storage medium
storing instructions that, when executed by a computing apparatus, cause a computing
apparatus to perform any of the preceding methods.

[0041] In some embodiments, a computing apparatus comprises: at least one processor;
and memory storing instructions that, when executed by the at least one processor, cause the
computing apparatus to perform any of the preceding methods.

[0042] Other embodiments disclosed herein are directed to a system, apparatus and
computer-readable medium. The details of the disclosed embodiments are set forth in the
accompanying drawings and the description below. Other features, objects and advantages are
apparent from the description, drawings and claims.

[0043] Particular embodiments disclosed herein combine the complementary aspects
of DirAC and SPAR technologies, including higher audio quality, reduced bitrate, input/output
format flexibility and/or reduced computational complexity, to produce a codec (e.g., an

Ambisonics codec) that has better overall performance than DirAC or SPAR codecs.

DESCRIPTION OF DRAWINGS

[0044] FIG. 1 is a block diagram of an IVAS codec framework, according to one or
more embodiments.

[0045] FIG. 2 is a block diagram of an encoder implementation with frequency-based
and channel-based split between SPAR and DirAC, according to one or more embodiments.
[0046] FIG. 3 is a block diagram of a decoder implementation with frequency-based
and channel-based split between SPAR and DirAC, according to one or more embodiments.
[0047] FIG. 4 is a block diagram of an alternate encoder implementation with
frequency-based and channel-based split between SPAR and DirAC, according to one or more
embodiments,

[0048] FIG. 5 is a block diagram of an alternate decoder implementation with
frequency-based and channel-based split between SPAR and DirAC, according to one or more
embodiments,

[0049] FIG. 6 is a flow diagram of a process of encoding using a codec for FOA input
as described in reference to FIGS. 2 and 4, according to some embodiments.

[0050] FIG. 7 is a flow diagram of a process of encoding using a codec for FOA plus

HOA input as described in reference to FIGS. 2 and 4, according to some embodiments.
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[0051] FIG. 8 is flow diagram of a process of decoding using a codec as described in
reference to FIGS. 3 and 5, according to some embodiments.

[0052] FIG. 9 is a block diagram of an example hardware architecture suitable for
implementing the systems and methods described in reference to FIGS. 1-8.

[0053] In the drawings, specific arrangements or orderings of schematic elements, such
as those representing devices, units, instruction blocks and data elements, are shown for ease
of description. However, it should be understood by those skilled in the art that the specific
ordering or arrangement of the schematic elements in the drawings is not meant to imply that
a particular order or sequence of processing, or separation of processes, is required. Further,
the inclusion of a schematic element in a drawing is not meant to imply that such element is
required in all embodiments or that the features represented by such element may not be
included in or combined with other elements in some implementations.

[0054] Further, in the drawings, where connecting elements, such as solid or dashed
lines or arrows, are used to illustrate a connection, relationship, or association between or
among two or more other schematic elements, the absence of any such connecting elements is
not meant to imply that no connection, relationship, or association can exist. In other words,
some connections, relationships, or associations between elements are not shown in the
drawings so as not to obscure the disclosure. In addition, for ease of illustration, a single
connecting element is used to represent multiple connections, relationships or associations
between elements. For example, where a connecting element represents a communication of
signals, data, or instructions, it should be understood by those skilled in the art that such

element represents one or multiple signal paths, as may be needed, to affect the communication.

[0055] The same reference symbol used in various drawings indicates like elements.
DETAILED DESCRIPTION
[0056] In the following detailed description, numerous specific details are set forth to

provide a thorough understanding of the various described embodiments. It will be apparent
to one of ordinary skill in the art that the various described implementations may be practiced
without these specific details. In other instances, well-known methods, procedures,
components, and circuits, have not been described in detail so as not to unnecessarily obscure
aspects of the embodiments. Several features are described hereafter that can each be used

independently of one another or with any combination of other features.
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Nomenclature
[0057] As used herein, the term “includes™ and its variants are to be read as open-ended
terms that mean “includes, but is not limited to.” The term “or” is to be read as “and/or” unless
the context clearly indicates otherwise. The term “based on™ is to be read as “based at least in
part on.” The term “one example implementation” and “an example implementation™ are to be
read as “at least one example implementation.” The term “another implementation” is to be
read as “at least one other implementation.” The terms “determined,” “determines,” or
“determining” are to be read as obtaining, receiving, computing, calculating, estimating,
predicting or deriving. In addition, in the following description and claims, unless defined
otherwise, all technical and scientific terms used herein have the same meaning as commonly
understood by one of ordinary skills in the art to which this disclosure belongs.
2.0 Algorithm Analysis
[0058] As previously described, SPAR seeks to maximize perceived audio quality
while minimizing bitrate by reducing the energy of the transmitted audio data while still
allowing the second-order statistics of the Ambisonics audio scene (i.e. the covariance) to be
reconstructed at the decoder side using transmitted metadata. DirAC seeks to preserve
direction and diffuseness of the dominant sounds in the input scene. Summaries of DirAC and
SPAR technologies are described below in sections 2.1 and 2.3, respectively.
[0059]
2.1 DirAC Technology
2.1.1 Reference Paper
[0060] DirAC technology is described in V. Pulkki, “Directional Audio Coding in
Spatial Sound Reproduction and Stereo Upmixing,” in Laboratory of Acoustics and Audio

Signal Processing, Helsinki University of Technology, Finland, 2006.

2.2 Example Implementation of DirAC Analysis in MDFT Domain
2.2.1 DirAC Analysis in MDFT Domain
[0061] In an example implementation, the DirAC analysis block takes the time domain
FOA channels of the ambisonics as an input and converts the FOA channels into frequency
domain using Modified Discrete Fourier Transform (MDFT). Then, intensity and reference
power is computed in the MDFT domain. Let w,., w;, X, X;, ¥, Vi, Zr, Z; be the real and
imaginary bin samples of the W, X, ¥ and Z channels of the FOA component of the Ambisonics
input in the MDFT domain, then the intensity corresponding to the frequency bin f of the

channel X is computed as
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I(f)e = wp * X0+ W * Xy,
[1]
Similarly, intensity corresponding to ¥ and Z channels are computed.
[0062] The reference power computation E in frequency bin fis computed as
E(f)y=wr*xwp+ X% X+ Y x Yp + Zp % 2.
(2]
[0063] The direction vector, dv, corresponding to X channel (or front-back direction)

and frequency bin fis computed as

dv(f), = % where

3]

[(Fnorm = JUPZ+ 1N+ 1(HP) -
[4]

[0064] Similarly, direction vector, dv, corresponding to Y channel (or left-right

direction) and Z channel (or top-bottom direction) are computed.

2.2.2 DirAC Parameter Estimation in Banded Domain
[0065] The intensity, reference power and direction vector per bin are then converted
to the banded domain by applying the absolute response of a filterbank to the above computed
values in [1], [2] and [3]. Let the banded intensity, reference power and direction vector in a
particular frequency band be I, E, dvg, respectively, where s can be x, y or z.
2.2.2.1 DoA Angles (Azimuth and Elevation Angles) Computation
[0066] The azimuth and elevation of the dominant sound source within the scene for a

particular time-frequency tile are computed in degrees as

Az = arctan (&) « 280
avy T
[5]

dv, . 180

El = arctan | ——=—
/dv,%ﬂlv;z, T

[6]
2.2.2.2 Diffuseness and Energy Ratio Computation

[0067] For diffuseness, long-term averaging of £ and 7 is computed over N frames or
M subframes. In an example implementation, a frame represents 20 ms of audio data and a

subframe represents 5 ms of audio data and the long-term averaging of £ and 7 is done over

10
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160 ms of audio data, i.e., 8 frames or 32 subframes. Let the long-term average be

Lsiow,s) Esiow. then the diffuseness is given as

Isz ow,x+ Isz ow, + Isz ow,Z
Dif fuseness = 1 = 1—\[(l El y ),
slow

[7]

¥ = max (0, min(1,9)),
8]

Energyratio=1— 1.
[9]
[0068] The DirAC metadata parameters, i.e., DoA angles and diffuseness parameter,

are quantized and coded by a metadata quantization and coding block. Based on the available
bitrate, DirAC chooses N_dmx audio channels (also refered to as N_dmx downmix channels)
out of N channel input, here N dmx<= N and one of the channels in the N dmx downmix
channels is the 7 channel of the Ambisonics input to be coded by a core coder. Core coder bits
and DirAC metadata bits are multiplexed into a bitstream and transmitted to a decoder. The
decoder decodes the bitstream and reconstructs N dmx downmix channels using a core decoder
and DirAC metadata parameters using a metadata unquantization and decoding block. The
N_dmx downmix channels and DirAC metadata parameters are fed into a DirAC synthesis and
rendering block. The DirAC synthesis and rendering block computes the directional
component of the output spatial audio scene using the W channel and spherical harmonics as
per DoA angles. The DirAC synthesis and rendering block also computes the diffused
component of the output spatial audio scene using a decorrelated version of the # channel,
which is generated using a decorrelator block, and the diffuseness parameter in the DirAC
metadata. The N dmx downmix channels and directional and diffused components are then

used to output the desired audio output format.

2.3  Example Implementation of SPAR (Spatial Reconstruction) With FOA
Input
[0069] SPAR is a technology for efficient coding of spatial audio input. SPAR takes a
multi-channel input and generates spatial metadata and a downmix signal such that the
combination of spatial metadata and downmix signal can be coded with higher coding

efficiency compared to coding each channel of the multi-channel input separately. SPAR aims

11
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to reproduce the covariance of an N channel multi-channel input and computes the spatial
metadata and N_dmx channel downmix signal (where N_dmx <= N) based on the parameterized
input covariance. The spatial metadata and downmix is quantized, coded and sent to the
decoder. The decoder decodes the bitstream and unquantizes the spatial metadata and
reconstructs downmix signal. The decoder then utilizes the spatial metadata and downmix and
zero or more decorrelator(s) to reconstruct the multi-channel input audio scene. Example
implementations of SPAR are further described in in PCT Patent Application No.
PCT/US2023/010415, filed on January 9, 2023, for “Spatial Coding Of Higher Order
Ambisonics For A Low Latency Immersive Audio CODEC.”

2.3.1 First Order Ambisonics (FOA) Input
[0070] With FOA input, consisting of channels #, ¥, Z, X (in the ACN channel ordering
convention), SPAR downmix signals can vary from 1 to 4 channels and the spatial metadata
parameters include prediction parameters PR, cross-prediction parameters C, and decorrelation
parameters P. These parameters are calculated from a covariance matrix of a windowed input
audio signal and are calculated in a specified number of frequency bands (e.g., 12 frequency
bands). An example representation of SPAR parameters extraction is described below.

2.3.1.1 Side Signal Prediction

[0071] Predict all side signals (¥, Z, X) from the primary audio signal # and compute
the prediction coefficients for the residual channels using Equation [11]:

w 1 0 0 0lw

Y| _|-pv 1 0 Of|lY

Z'| " |-pz 0 1 0o||Z]|°

X' —prx 0 0 1|LX

[10]
where, as an example, the prediction coefficient for the residual channel Y’ is calculated as
shown in Equation [11]:

Ryw
max (Ryw/[Rwy |2+ Rwz |2 +|[Rwx]2).€)’

pry =
[11]
and Ryw = cov (¥, W) are elements of the input covariance matrix corresponding to channels ¥
and W. Similarly, the Z'and X' residual channels have corresponding parameters prz and prx.
PR is the vector of the predictions coefficients PR= [pry, prz, prx]”.
[0072] The above mentioned downmixing is also referred to as passive W downmixing

in which W does not get changed during the downmix process. Another way of downmixing

12
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is active /¥ downmixing which allows some mixing of ¥, X and Z channels into the /¥ channel
as follows:

W =W+Fy«Y+F;«Z+FyxX, [12]
where Fy, is computed as a function of normalized input covariance Ryw as Fy =

f+Ryw
max (m+Ryw, (Ryy+ Rxx+Rzz))

, here f'and m are constants (e.g., /= 0.50, m = 3) and similarly Fy

and F;, are computed as well. In some embodiments, Fy, F, F; are computed as a function of
active prediction coefficients as Fy = f *pry, Fxy = [ *pry, F; = f * pry, here, pry, pry,
pry are the active downmixing prediction coefficients and fis a constant (e.g., 0.50). In passive
W, /=0 so there is no mixing of X, Y, Z channels into the /¥ channel and W’ = W .

2.3.1.2 W Channel and Predicted Channels (Y', Z’, X’) Remixed
[0073] The W channel and predicted channels (Y',Z’, X') are remixed from most to
least acoustically relevant, where remixing includes reordering or recombining channels based

on some methodology, as shown in Equation [13]:

w w
A =[ remix ] Y’
B/ Z! N
c’ X'
[13]
[0074] Note that one embodiment of remixing could be re-ordering of the input

channels to W, Y', X', Z’, given the assumption that audio cues from left and right are more
important than front to back, and lastly up and down cues.

2.3.1.3 Post Prediction Covariance Computation
[0075] The covariance of the 4-channel post-prediction and remixing downmix are
computed as shown in Equations [14] and [15]:

R,y = [remix][predict].R. [predict] [remix]¥,

[14]
Ryw Rwa Ruy
Ry =|Raw Raa  Rau |,
RuW Rud Ruu
[15]

where dd represents the extra downmix channels beyond W (e.g., the 2™ to N-dmx™ channels),
and u represents the channels that need to be wholly regenerated (e.g., (N dmx+1)" to 4

channels).

13
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[0076] For the example of a WABC downmix ith 1-4 downmix channels, d and u
represent the following channels, where the placeholder variables 4, B, C can be any

combination of X ¥, Z channels in FOA):

TABLE
N | Residual Channels Predicted Channels
1 |- A',B' ('
2 [ A B’ C'
3 |A.B c’
4 |A,B',C --
2.3.1.4 Extra C Coefficients
[0077] From these calculations, it is determined if it is possible to cross-predict any

remaining portion of the fully parametric channels from the residual channels being sent. The
required extra C coefficients are:
C = Ryy(Ryq + Imax (e, tr(Ryq) * 0.005)) 71,

[16]
[0078] Therefore, C has the shape (1x 2) for a 3-channel downmix, and (2x1) for a 2-
channel downmix. One embodiment of spatial noise filling does not require these C parameters
and these parameters can be setto 0. An alternate embodiment of spatial noise filling may also
include C parameters.

2.3.1.5 Remaining Energy In Parameterized Channels
[0079] The remaining energy in parameterized channels that must be filled by
decorrelators is calculated. The residual energy in the upmix channels Resuu is the difference

between the actual energy Ru (post-prediction) and the regenerated cross-prediction energy

Reguu:
Regyy = CRyaCH,
[17]
Resyy = Ryy — Regyy.
[18]
NResuu= max(g,RWWﬁ:ZZm(|Resuul))’
[19]

14
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P = diag(\/max (0, Teal(diag(NReSuu)))),

[20]
where scale is a normalization scaling factor. Scale can be a broadband value (e.g., scale =
0.01) or frequency dependent, and may take a different value in different frequency bands (e.g.,
scale = linspace (0.5, 0.01, 12) when the spectrum is divided into 12 bands).

2.4 Merging DirAC and SPAR
[0080] As stated previously, both DirAC and SPAR have different strengths and
properties, and it is desired to combine the complementary aspects of each technology to
produce a merged system that is advantageous in one or more of the following dimensions:
higher audio quality, reduced bitrate, input/output format flexibility and/or reduced
computational complexity. Some of the embodiments to efficiently merge these two
technologies are listed below.

2.4.1 Frequency Based SPAR-DirAC Split

[0081] It has been observed that coding lower frequency bands with SPAR and higher
frequency bands with DirAC improves the coding efficiency and quality at the decoder while
reconstructing the spatial audio scene. It may also be desirable to code low frequency bands
with SPAR to reconstruct an input covariance at the output, or to code higher frequency bands
with DirAC, with the same, or finer, time resolution, to perform efficient upmix of SPAR
reconstructed FoA signals to HOA.
[0082] At the encoder, a first embodiment: 1) uses a filterbank to convert time domain
broadband Ambisonics input into a frequency banded domain; 2) performs DirAC analysis in
high frequency bands and obtains DirAC MD parameters in high frequency bands; 3) performs
SPAR analysis in low frequency bands and obtains SPAR MD parameters in low frequency
bands; 4) obtains SPAR MD parameters in high frequency bands by converting DirAC MD
parameters into SPAR MD using a MD conversion routine (D2S) (mentioned in sections 2.5
to 3.4); 5) generates a downmix matrix from SPAR MD and applying the downmix matrix to
input channels obtains downmix channels as mentioned in section 2.3; 6) quantizes and
encodes the SPAR MD parameters in low frequency bands and DirAC MD parameters in high
frequency bands; 7) encodes downmix channels using a core audio coder; and 8) multiplexes
MD bits and core coder bits into a bitstream and transmits the bitstream to a decoder.
[0083] At the decoder, a second embodiment: 1) obtains MD bits and core coder bits
from the bitstream; 2) decodes the downmix channels using a core audio decoder; 3) decodes

and unquantizes the low frequency SPAR MD parameters and the high frequency DirAC MD
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parameters from the MD bits; 4) obtains high frequency band SPAR MD from DirAC MD
using a D2S conversion routine; 5) performs filter bank analysis on the decoded downmix
channels; 6) generates a SPAR upmix in the filterbank domain using the SPAR MD in all
frequency bands; and 7) generates spatial audio output at the decoder. In some embodiments,
as part of step 7), filterbank synthesis is done on SPAR upmixed channels to reconstruct
Ambisonics channels at the decoder. In some other embodiments, as part of step 7), DirAC
analysis is done on the upmix channels generated by SPAR, obtaining DirAC MD parameters
in all frequency bands and performing a DirAC upmix to a desired output format including but
not limited to HOA2/HOA3 .

[0084] At the decoder, a third embodiment: 1) obtains MD bits and core coder bits
from the bitstream; 2) decodes downmix channels using a core audio decoder; 3) decodes and
unquantizes the low frequency SPAR MD parameters and the high frequency DirAC MD
parameters from MD bits; 4) obtains high frequency band SPAR metadata (MD) from DirAC
MD using a D2S conversion routine and low frequency band DirAC MD from the SPAR MD
and/or the downmix covariance using a SPAR to DIRAC (S2D) MD conversion routine
(mentioned in section 3.4); 5) performs filterbank analysis on the decoded downmix channels;
6) generates a SPAR upmix in filterbank domain using SPAR MD in all frequency bands; and
7) generates spatial audio output at the decoder. In some embodiments, as part of step 7),
filterbank synthesis is done on SPAR upmixed channels to reconstruct Ambisonics channels at
the decoder. In some other embodiments, as part of step 7), DirAC MD parameters in all
frequency bands, including the low frequency DirAC MD obtained in step 4) are applied to the
SPAR upmix to perform a DirAC upmix to desired output format including but not limited to
HOA2/HOAS.

2.4.2 Channel Based SPAR-DirAC Split (same processing in all bands)

[0085] In some embodiments, a subset of Ambisonics input channels may be
reconstructed via SPAR (either residually or parametrically), and some channels are
reconstructed by DirAC. Any further upmix to a higher order is also handled by DirAC. SPAR
reconstructs at least enough channels for DirAC analysis to be performed in the decoder, where
generally DirAC analysis requires FOA channels (or planar FOA channels for the planar case).
As used herein, residual coding is direct audio coding of the residual from which the output
channel is reconstructed along with the predicted component from #, and parametric coding

is coding of cross-prediciton and decorrelation parameters from which the output is
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reconstructed, along with the predicted component from W and the cross-predicted component
of residuals and decorrelated version of .
[0086]

Ambisonics audio.

SPAR generally operates with a B-format representation of input and output
DirAC, in some cases, reconstructs the audio signal in A-format or
Equivalent Spatial Domain (ESD), and in other cases, in B-format. The description that follows
addresses mainly the latter B-format case. However, analogous embodiments are possible for
DirAC synthesis in A-format or ESD. To that end, the SPAR reconstructed B-format channels
may be used to generate a relatively sparse set of DirAC prototype signals in B-, A-format or
ESD from which DirAC synthesis generates a denser set of upmix signals, where each of the
upmix signals may drive a speaker of a multi-loudspeaker system. Such a multi-loudspeaker
system may correspond to a real loudspeaker setup like, e.g., 7.1.4 or 5.1 or a virtual
loudspeaker system which is an intermediate step to immersive binaural rendering of the

synthesized audio signal.

[0087] Various embodiments of the above are described and tabulated in Table II
below.
TABLE II
Ambisonics SPAR DirAC DirAC Blind
input Reconstruction Reconstruction Upmix Channels
Channels Channels
HOA3 FOA All 2" + 39 order | N/A
FOA + 2" order 2" order heights + | N/A
planar all 3" order
FOA + 2" and 3" 2" and 3" order N/A
order planar heights
HOA2 FOA All 2™ order All 3" order
FOA + 2" order 2" order heights All 3" order
planar
Planar HOA N | Planar channels, all | Planar channels, Planar channels,
>1 orders up to n<N orders n<m <=N orders N<p<=3
FOA, FOA N/A All 2" and/or 3™
n dmx =4 order
FOA, FOA N/A All 2" and/or 3™
n dmx <4 order
Planar FOA Z All 2" and/or 31
order
Planar FOA, | Planar FOA N/A Planar 2™ and/or
n dmx =3 3" order
Planar FOA, W,Y X Planar 2™ and/or
n dmx <3 3" order
[0088] For HOA3 input, channels are reconstructed according to the following options:

FOA, or HOA2, or FOA + 2" order planar channel, or FOA + 2™ + 3" order planar channels
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are reconstructed with SPAR, while the HOA2 and HOA3, or HOA3, or 2™ order height and
HOA3, or 2™ and 3™ order height channels are reconstructed using DirAC to reduce
computational complexity without compromising the quality.

[0089] For FOA input, bitrates where SPAR has less than 4 downmix channels: 1) FOA
with SPAR is implemented with a DirAC blind upmix to HOA2/HOA3, or 2) planar FOA with
SPAR, a DirAC upmix to full FOA, with possible blind upmix HOA2/HOA3 with DirAC.

[0090] For FOA input, bitrates where SPAR has 4 downmix channels: 1) FOA with
SPAR is implemented with a blind upmix to HOA2/HOA3 with DirAC.
[0091] For planar FOA input, bitrates where SPAR has less than 3 downmix channels,

WY reconstruction with SPAR is implemented, along with an upmix to planar FOA, with
possible blind upmix to planar HOA2/HOA3 with DirAC.
[0092] For planar FOA input, bitrates where SPAR has 3 downmix channels, WYX
reconstruction with SPAR is implemented with a blind upmix to planar HOA2/HOA3 with
DirAC.

2.4.3 Reconstruction of Individual Channels in Part by SPAR and by
DirAC
[0093] In conjunction with the channel based SPAR-DirAC split technique disclosed
in section 2.4.2, a further category of channel could be introduced that is parametrically
reconstructed in part from both SPAR and DirAC methods. The motivation for this is to reduce
reliance on large numbers of decorrelator outputs at the decoder, which could reduce mixing
complexity figures. This approach uses SPAR prediction and cross-prediction to reconstruct
the majority of a particular parametrically reconstructed signal, and then relies on DirAC
diffuseness to restore any missing covariance.

2.4.4 Alternative Method To Reduce Usage of Decorrelators in Decoder
[0094] Instead of adding decorrelation in proportion with the decorrelation coefficients,
in this embodiment energy matching of the cross-/prediction parametrically constructed
channel is achieved by applying a gain derived from the SPAR coefficients. A particular

Ambisonics signal S can be parametrically reconstructed as follows:

SPAR Reconstructed S = pr,W + Zf‘j’l”x—l CrsR} + P+ d(W)
[21]

Prediction only § = pr,W + z’r"g’;x_l CsR;

[22]
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where pr, C,¢, and P, are the prediction, cross-prediction and decorrelation coefficients
associated with S, and residual signal R(e.g. Y, Z’, X, ...).

Gain adjusted S = g,S,where

N

N, -1 2
_\[(prs|2+|PSZ)W2+zr3{"" |CrsI?|Rr|

- N -1 712
lprsPW2 45, 4 O 2 | Ry |

[23]

2.4.5 Frequency Based and Channel Based Split Combined
[0095] In some embodiments, sections 2.4.1 and 2.4.2 are combined to get the benefit
of merging SPAR and DirAC by doing a combination of frequency based split and channel
based split. In an example implementation, input to merged SPAR-DirAC system is an N
channel Ambisonics signal. Out of these N channels, M channels are fed into a SPAR
subsystem, where M <= N. In an embodiment, these M channels contain FoA channels. In
some other embodiments, these M channels include FOA and planar HOA channels. SPAR
can then operate in any downmix configuration based on the operating bitrate, where the
number of downmix channels N, is such that 1<=N,,,,<=M. For low frequencies, SPAR
computes SPAR parameters including prediction, cross-prediction and decorrelation
parameters based on methods described in section 2.3, whereas for higher frequencies DirAC
parameters are computed as described in section 2.2, and SPAR parameters are estimated from
DirAC parameters as described in sections 2.5 to 3.4 below. In some embodiments, SPAR
computes SPAR parameters for high frequencies as well for a subset of input channels based
on methods described in section 2.3.
[0096] The M channels reconstructed by SPAR on decoder side are then used by DirAC
to reconstruct a representation of original NV channel input scene.
[0097] Example implementations of a combined frequency based and channel-based
split with HOA3 input to a SPAR-DirAC merged system are given below.

2.4.5.1 Example Encoder Embodiment 1
[0098] FIG. 2 is a block diagram of an encoder 200 with frequency-based and channel-
based split between SPAR and DirAC, according to one or more embodiments. In this
embodiment, SPAR is operating in 4 channel downmix mode. Input into encoder 200 is a
HOA3 (3" Order Ambisonics) signal. DirAC parameter estimator 201 estimates the DirAC
parameters which are limited to high frequencies and computed as per section 2.2 based on
FOA channels in the Ambisonics input. The estimated DirAC parameters are quantized and

coded 202 and the quantized DirAC MD are converted 203 to SPAR MD.
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[0099] SPAR analysis and metadata computation 204 is based on FOA, planar HOA2
and planar HOA3 channels in the low frequencies as per section 2.3. The SPAR metadata is
quantized and coded 205 and the quantized SPAR metadata in low frequencies and SPAR MD
obtained from DirAC MD in high frequencies is converted into a downmix matrix 206. An
MDFT transform 207 is applied to the FOA, planar HOA2 and planar HOAS3 signals. The
MDFT coefficients and downmix matrix are frequency band mixed with cross-fades using a
filterbank mixer 208 to generate a 4-channel downmix. The 4-channel downmix is coded by
one or more core codecs 209 (e.g., Enhanced Voice Services (EVS) encoder). The SPAR
metadata coded in low frequencies and the DirAC metadata coded in high frequencies are
packed together with the core codec coded bits to form final bitstream 210 output by encoder
200.
[0100] Encoder 200 is one example embodiment of an encoder that combines DirAC
and SPAR. In other embodiments, SPAR and DirAC are combined by only frequency splitting
or by only channel splitting.

2.4.5.1.2 Example Decoder Embodiment 1
[0101] FIG. 3 is a block diagram of decoder 300 with frequency-based and channel-
based split between SPAR and DirAC, according to one or more embodiments. In this
embodiment, decoder 300 receives bitstream 301(210) and provides the core codec encoded
bits to one or more core codec decoder(s) 307 (e.g., EVS decoder(s)). DirAC MD 302 in the
high frequencies is decoded and then converted to SPAR MD 303 in the high frequencies using
DirAC MD to SPAR MD conversion 313, in an embodiment 313 at the decoder is same as 203
at the encoder. SPAR MD in the bitstream is decoded to reconstruct SPAR metadata 304 in
low frequencies. A SPAR upmix matrix 305 is generated using the low frequency SPAR
metadata 304 extracted from bitstream 310 and the high frequency SPAR metadata 303
converted from the high frequency DirAC metadata. The downmix channels are reconstructed
by one or more instances of core decoders 307 and converted into a frequency banded domain
by filterbank 308 (e.g., CLDFB filterbank, Quadrature Mirror filterbank (QMF), etc.) .
[0102] In some embodiments, the primary downmix channels are input into
decorrelator(s) 309 and the outputs of decorrelator(s) 309 are input together with the upmix
matrix into SPAR upmixing unit 306 to reconstruct the FOA, planar HOA2 and planar HOA3
channels. The decorrelation can be implemented in the time domain or frequency banded
domain (e.g., CLDFB domain). The decorrelator(s) may either generate time domain
decorrelated output and then convert it into frequency banded domain, or convert input into

frequency banded domain and generate decorrelated outputs in frequency banded domain. The
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output channels of 306 are fed into DirAC parameter estimator 310, which estimates the DirAC
metadata in low frequencies based on the reconstructed FOA signal in the frequency banded
domain. DirAC upmixer 311 uses the low frequency DirAC metadata and the high frequency
DirAC metadata to upmix the FOA, planar HOA2 and planar HOA3 channels into the 16
HOAS3 channels, which is a frequency banded domain representation of the original 16 channel
HOAS3 input to encoder 200. Synthesizer 312 (e.g., CLDFB synthesizer) synthesizes/renders
the 16 channel HOA3 frequency banded domain representation into the time domain
representation for playback on various audio systems with different speaker configurations and
capabilities.

2.4.5.2.1 Example Encoder Embodiment 2
[0103] FIG. 4 is a block diagram of an alternate encoder 400 with frequency-based and
channel-based split between SPAR and DirAC, according to one or more embodiments. In this
embodiment, input into encoder 400 is an HOA3 signal. The DirAC parameters are estimated
401 and quantized and coded 402. The DirAC parameter estimation is limited to high
frequencies and is done as per section 2.2 based on FOA channels. The SPAR analyses and
metadata computation 404 and quantization and coding 405 is done in the low frequencies
based on FOA, planar HOA2 and HOA3 channels plus zero or more non-planar channels (e.g.,
height channels), as per section 2.3.
[0104] For high frequencies, SPAR analysis and parameter estimation is done for non-
FoA channels (this is not done in system 200 ) as per section 3.2.7.2. In this embodiment,
SPAR is operating in 4 channel downmix mode and to obtain a SPAR downmixing matrix for
all frequencies, SPAR FoA metadata at high frequencies is estimated based on DirAC metadata
using the methods described in section 3.2.
[0105] The quantized and coded SPAR metadata is used to generate a downmix matrix
407. An MDFT transform 406 is applied to the FOA, planar HOA2 and planar HOA3 signals.
The MDFT coefficients and downmix matrix are frequency band mixed with cross-fades 408
to generate a 4-channel downmix. The 4-channel downmix is coded by one or more core
codecs 409. The SPAR metadata coded in low frequencies for FOA channels and all
frequencies for HOA channels and the DirAC metadata coded in high frequencies are packed
together with the core codec coded bits to form final bitstream 410 output by encoder 400.
[0106] Downmixed channels are coded 409 by one or more core codecs (e.g., EVS).
For FOA channels, SPAR metadata is coded for low frequencies whereas DirAC metadata is
coded for high frequencies, while for non-FOA channels SPAR metadata is coded for the entire

frequency range, and packed together with core codec coded bits to form the final bitstream
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410 output by encoder 400. In this embodiment, SPAR metadata computation for HOA2 and
HOA3 channels in high frequencies is done as per methods described in section 3.2.7.2. Further
in this embodiment, as per methods described in section 3.2.7.2, SPAR metadata computation
for HOA2 and HOAS3 channels in high frequencies 404 depends on SPAR MD for FOA
channels in high frequencies that is estimated form DirAC MD in high frequencies 303.
[0107] Note that in Embodiment 2 DirAC MD to SPAR MD conversion only happens
for FOA channels, such that fullband SPAR MD is used for any HOA channels handled by
SPAR. In general, any number of non-planar HOA channels could be handled by SPAR. In
embodiment 2 only 1 non-planar HOA channel was added. Also, while these embodiments
focus on 4 downmix channels (Ndmx = 4), any number of transport channels (e.g., from 1-16)
is possible.

2.4.5.2.2 Example Decoder Embodiment 2
[0108] FIG. 5 is a block diagram of an alternate decoder 500 with frequency-based and
channel-based split between SPAR and DirAC, according to one or more embodiments.
[0109] In this embodiment, decoder 500 receives the coded bitstream 504 and provides
core codec coded bits to one or more core decoders 505. DirAC MD 502 in the high
frequencies is decoded and then converted to SPAR MD 503 in the high frequencies using
DirAC MD to SPAR MD conversion 513. In an embodiment, DirAC MD to SPAR MD
conversion 513 at the decoder is same as DirAC MD to SPAR MD conversion 403 at the
encoder. SPAR MD 504 corresponding to FOA and planar HOA and zero or more non-planar
HOA channels is decoded and fed into SPAR mixing matrix 506. Missing SPAR MD 503 for
the FOA channels in high frequencies is estimated from DirAC MD in the same way as the
encoder 400. A SPAR upmix matrix 506 is generated using the SPAR MD 504 extracted from
bitstream 510 and the high frequency SPAR MD 503 converted from the high frequency DirAC
MD. Downmix channels that are reconstructed by one or more instances of core decoders 505
are converted into frequency banded domain with the help of a filterbank analyses 507, and the
upmix matrix 506 is applied to reconstruct FOA, planar HOA2, planar HOA3 channels and
zero or more non-planar (height) channels.
[0110] The decoded downmix channels output from the one or more core decoders 505
are fed into decorrelator(s) 509 and the outputs of decorrelator(s) 509 are input together with
the upmix matrix into SPAR upmixing unit 508 to reconstruct the FOA, planar HOA2 and
planar HOA3 channels. The decorrelation can be implemented in the time domain or frequency
banded domain (e.g., CLDFB domain). The decorrelator(s) may either generate time domain

decorrelated output and then convert it into the frequency banded domain, or convert the input
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into the frequency banded domain and generate decorrelated outputs in the frequency banded
domain. The output channels of 508 are fed into DirAC parameter estimator 510, which
estimates the DirAC metadata in low frequencies based on the reconstructed FOA signal in the
frequency banded domain and uses the DirAC parameters in high frequencies extracted from
bitstream 501. Alternatively, DirAC upmixer 508 may estimate DirAC parameters in the entire
frequency range based on the FOA signal in the frequency band domain (e.g., CLDFB domain)
and ignore the DirAC parameters in high frequencies from the bitstream 501.
[0111] DirAC upmixer 511, uses the DirAC metadata from 510 and 502 and converts
the FOA, planar HOA2, planar HOA3 and zero or more non-planar channels into an HOA3
output which is a frequency band domain (e.g., CLDFB domain) representation of the original
16 channel HOA3 input to encoder 400. Synthesizer 512 (e.g., CLDFB synthesizer)
synthesizes/renders the 16 channel HOA3 frequency band domain representation into the time
domain representation for playback on various audio systems with different speaker
configurations and capabilities. It should be noted that output of decorrelator(s) 509 is in
CLDFB domain such that it covers embodiments where a time domain decorrelator is followed
by CLDFB analyses and CLDFB analyses with CLDFB domain decorrelation.
2.4.6 Diffuseness in DirAC Upmix Channels

[0112] When estimating higher order channels from first order channels using the
DirAC approach, the directional panning in the higher order channels that are upmixed using
DirAC approach can be done by using DOA angles and spherical harmonics responses.
However, the addition of diffuseness and decorrelation to these higher order channels should
be handled carefully as it is known that too much decorrelation may hurt the audio quality and
too little decorrelation may cause spatial collapse.
[0113] Below mentioned are embodiments for adding diffuseness to the higher order
channels that are upmixed by DirAC approach:

2.4.6.1 Add Uniform Decorrelation to All HOA Upmixed Channels
[0114] In some embodiments, Ns decorrelated channels that are uncorrelated with
respect to ¥ channel are computed, where Nz is the number of HOA channels that are to be
upmixed by DirAC from FOA channels. The ¢ (diffuseness) is computed using one of ways
described in this document and then compute:

Dif fusenessqcror (1) = P * Norm(i),

[24]
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where i is the channel index and Norm is the corresponding normalization factor that is
computed as per given Ambisonics normalization, e.g., SN3D normalization.
Dif fusenessgqceor (i) is applied to the i™ decorrelated channel to get the diffused component
for the corresponding HOA channel. In an example embodiment, if input to the DirAC upmixer
is FOA channels (4 channels) and HOA3 channels are to be upmixed from input FOA channels,
then the number of decorrelator outputs needed are 12 (Vs = 12). The upmixed HOA channel
H (i) can represented as:
H(i) = energy_Ratio_factor * Resp; * W + Dif fuseness;qcior (i) * Dy(W)
[25]
where Resp; is the spherical harmonics response for corresponding channel index and is
computed using DOA angle 8, where in 8, can be represented in terms of azimuth and
elevation angles. The energy_Ratio_factor can be computed as (1 — ). D;(W) is the ith
decorrelated channel.
[0115] The above approach may result in too much decorrelation and may make the
reconstructed scene more diffused than desired. Also, it may be computationally expensive to
generate too many decorrelator outputs and scaling them to get desired diffuseness levels.
2.4.6.2 Add Directional Decorrelation to All Upmixed Channels
[0116] In this embodiment, directional diffuseness information is sent from the encoder
to the decoder. The decoder uses this directional diffuseness information, and adds only a
desired amount of decorrelation to the upmixed HOA channel. This method is applicable to
cases where input to the encoder is HOA and due to bitrate and complexity limitation, only a
few selected channels are reconstructed using SPAR, whereas the remaining channels are
upmixed using DirAC. In an example implementation, the encoder can compute directional
diffuseness using P (decorrelation) coefficients computed by SPAR in section 2.3. This method
uses additional information to be sent to the decoder from the encoder.
2.4.6.3 Add Decorrelation to Selected Upmixed Channels
[0117] In this embodiment, the addition of diffuseness is limited to a few selected
channels to keep the overall diffuseness within desired limits. This method also reduces
computational complexity. The selection of channels for diffuseness addition can be static or
dynamic based on signal characteristics.
[0118] 2.4.6.3.1 Static Selection of Channels
[0119] In this embodiment, decorrelation is added to a selected few HOA channels.

These channels are chosen based on perceptual importance. In an example implementation, if
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FOA and planar HOA channels are reconstructed by SPAR, and only non-planar HOA
channels are to be upmixed using DirAC to get HOA3 output in ACN-SN3D format, then
channel index 6, 10, 12, 14 (channel index ranging from O to 15) can be chosen to add
decorrelation. This method does not require any additional information to be sent to decoder.
2.4.6.3.2 Dynamic Selection of Channels

[0120] In this embodiment, the directional diffuseness information is computed at the
encoder and sent to the decoder to select the channels to which diffuseness is to be added while
upmixing. This embodiment is only applicable to cases where input to the encoder is HOA.
Only the channels in which the amount of decorrelation needed is higher than a first threshold
value are chosen at the DirAC decoder to add decorrelation. In an example implementation,
the encoder computes directional diffuseness using P (decorrelation) coefficients computed by
SPAR in section 2.3, compares the P coefficients values against a first threshold and codes the
channel indices which have P coefficients higher than a first threshold value. These indices
are read by the decoder. If the number of channel indices exceeds a second threshold value,
then limited indices can be chosen based on P coefficients values and perceptual importance of
a given channel. This embodiment requires additional information to be sent to decoder from
encoder.
[0121] To perform frequency based split as mentioned in section 2.4.1., an efficient
mechanism is desired to convert DirAC metadata to SPAR in DirAC frequency bands and
SPAR metadata to DirAC in SPAR frequency bands, so that DirAC and SPAR metadata can
be reconstructed in all bands when required to perform upmix or downmix. Below are example
embodiments to convert DirAC metadata to SPAR and SPAR metadata to DirAC.
2.5  DirAC to SPAR Conversion
[0122] In some embodiments, an approximation of input covariance matrix is
computed based on quantized DirAC MD parameters (Azimuth angle (Az), Elevation angle
(El), diffuseness). Az and El are also referred to as DOA angle 8pin this document.

2.5.1 Equations
[0123] In some embodiments, the model-covariance blocks calculate the covariance
matrix and prediction coefficients from the DirAC DOAs and diffuseness as follows

[0124]
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Rw,w Rw,x RW.y RW.Z\

R = I Rx,w Rx,x Rx.y RX.Z L
Ry'W Ry'x Ry'y Ry.z

\Rz,w Ry x Rz.y Rz,z}

[26]
Here, R is a covariance matrix for FOA channels of Ambisonics input that is estimated using
DirAC metadata. Example computation of R are given below.
2.5.2 Example Covariance Computations
[0125] In some embodiments, the covariance is computed as follows:

Respy, = Y5,0(0p), Respy, = Y1,1(9D),R65Py = Y1,-1(0p),Resp, =

Y1,0(6p)
127]
where Resp,, = 1and \/(Resp? + Resp} + Resp?) =1,
R;; = (1 — Y)E Resp; * Resp;
[28]
for W variance Ry, = Ry + YE
[29]
for side channel variance R;; = R + YE * % * %

[30]

Wherein, i and j can be w, x, y, z.
[0126] In the above equation, £ is an approximation of overall signal energy (as given
in [33] below). This is obtained by adding a rough estimation of directional energy and diffused
energy. Let w, be the real bin sample of W channel in MDFT domain, the energy
corresponding to each bin is computed as follows
E(f) = wy * w,.

[31]
[0127] The energy is then converted into frequency banded power by applying
filterbank responses of each band. The frequency banded energy in each band is extrapolated
to compute overall signal energy as follows

E = E * (Respj + Resp? + Resp: + RespZ)
[32]
[0128] The diffused energy component is added as follows
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E=Ex (1+ ¢?).
[33]
[0129] In some embodiments, when the covariance smoothing is turned off, the above
computed covariance is used to calculate SPAR coefficients as usual.
3.0 Other Embodiments
3.1 DirAC MD Computation

3.1.1 Improved Computation of DirAC Diffuseness
[0130] DirAC needs time smoothing to compute diffuseness parameter. In some
embodiments, a simple parameter averaging is performed over 160ms (Eqn. 12 from Section
2222)
[0131] In some embodiments, SPAR’s Covariance smoothing and/or the transient
detector-ducker algorithms can be used to improve computation of the DirAC diffuseness
parameter. For example, SPAR’s covariance smoothing algorithm, described in PCT
Application No. PCT/2020/044670, filed July 31, 2020, for “Systems and Methods for
Covariance Smoothing,” can be adapted to weigh recent audio events more heavily that events
further into the past, and can do this differently at each frequency band. This may be
advantageous over a simple averaging operation. Using transient detection and ducking, the
diffuseness value could be instantaneously reduced during short transients without disturbing
the long-term smoothing process.
[0132] Because the time smoothing causes long-term time dependence as well as
smoothness over time, in another embodiment differential coding can be used to reduce MD
bitrate and improve frame loss resilience.

3.1.2 Computation of DirAC Metadata in Frequency Banded Covariance
Domain
[0133] Based on the DirAC analysis captured in section 2.0, in some embodiments
DirAC MD can be computed based on input frequency banded covariance matrix instead of
computing DirAC MD in the FFT (Fast Fourier Transform) or MDFT domain and then
converting it into a frequency banded domain.
[0134] In some embodiments, computation of SPAR metadata can be done based on an
input frequency banded covariance as shown in section 2.0.
[0135] In some embodiments, computing both SPAR and DirAC metadata from the
input covariance allows for better conversion of SPAR to DirAC and DirAC to SPAR MD in
the desired bands. It is also computationally efficient. Below is an example of how DirAC

MD can be computed from input covariance.
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1. Compute an N*N frequency banded covariance matrix, where N is the number of input
channels.

2. Smooth the covariance matrix as mentioned in section 3.1.1.

3. Compute reference power as trace of covariance matrix.

4, Compute intensity as Ry, Ryy, Ryz. here Ry, Ry, Ry,; are covariance of /W channel

and X, Y, Z channels.

5. Compute intensity norm as Lyorm = /(R3x + Ry + RE,)
RWS

—————— here, s can be x, y, z, and then
J Rt Ry )

6. Compute direction vector as dv,,s =

compute azimuth and elevation angles as per Equations [5] and [6] in Section 2.2.2.1.

[0136] Similarly, diffuseness computation can be done based on frequency banded
covariance matrix as follows.

[0137] For diffuseness, first, reference power £ and intensity / of input signal are
computed in a given frequency band.

E= Ry, + Ry + Ry + Ry,

[34]
Iy = Ryx, Iy = Ryy,I; = Ry,
[35]
[0138] Given that covariance is already smoothed as mentioned in section 3.1.1, then

the diffuseness can be computed as

(1Z+15+12)

Dif fuseness = P = 1—

05+E  °
[36]
1 = max (0, min(1,v)) ,
[37]
Energy ratio =1— 1.
[38]
[0139] In some embodiments, before computing diffuseness, £ and I are further

averaged using a long term averaging filter as given below:
Eo=(1— fJ)*Eq 1+ fexE
[39]

I =1~ f)*loq+ fixl
[40]
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[0140] Here, E, and I, are the long term average for energy and intensity, respectively,
and these values are then used, instead of E and 7/, in the computation of diffuseness
computation equation [36]. The factors f, and f; in [39] and [40] are examples of smoothing

factors.

3.1.3 Improvement to reference power (£) computation
[0141] In some embodiments, an alternate method can be used to compute reference
power that results in better estimates of diffuseness and leads to better estimates of SPAR
coefficients when they are derived from DirAC coefficients.
[0142] For diffuseness, first, reference power £ and intensity / of input signal are
computed in a given frequency band:

E= Ryyw+ Ryy + Ryx + Ryy,

[41]

Iy = Ryx 1y = Ryy,I; = Ry,
[42]
[0143] Here, R;; is the covariance between ith and jth channel. The reference power is
computed as

E = max (R, 0.5 * E).
[43]
[0144] E computed in [43] provides better estimates for diffuseness and SPAR

coefficients in cases where ¥ channel energy is higher than 0.5*E. Diffuseness is computed

as
(13x+ 13y + 137)
Diffuseness = Y =1 S a—
[44]
[0145] Here, Eg, 1o, 1y, gz 1s computed as long-term averages of E, I, 1,1, .

Alternatively, Eg, lgy, lgy,

I,, may also be computed based on smoothened covariance
matrices. Diffuseness can then be limited as
1 = max (0, min(1,v)),
[45]
Energy ratio =1— 1.

[46]
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[0146] SPAR coefficients can be computed from DirAC coefficients with any of the
methods described in this document.
3.2 Improvements to DirAC to SPAR MD Conversion
3.2.1 Alternative ways to compute covariance/spar MD from DirAC
[0147] In some embodiments, passive prediction coefficients can also be computed as
Resp; * Resp; ., wherein i and j can be w, x,y, z, which should be similar to the direction
vector, dv, for a given side channel. This way prediction coefficients will be close to actual

SPAR prediction coefficients when variance of W channel is less than 1,4, in frequency

. . .. R
banded domain. In some embodiments, the additional parameterl WW_  can be sent to the
norm

decoder for a better estimate of prediction coefficients when the variance of W channel is
greater than I,,,,,,. In some embodiments, prediction coefficients may also be computed
directly from DirAC metadata

3.2.2 Quantization of DirAC metadata
[0148] In some embodiments, SPAR MD is computed based on quantized DirAC MD.

3.2.3 Generic reconstruction of SPAR coefficients from DirAC metadata
for any downmix configuration
[0149] In some embodiments, the input covariance, R, is a 4x4 matrix computed based
on DirAC parameters as follows:

Rij= (1 — cy) * E = Resp; * Resp; when i ! = j,
Rww = E * Resp,, * Resp,,,
Riy= (1— cyp) *E «Resp? + Q;*y*E wheni! =w,
[47]

where, i and j can be w,x,y,z , Resp, = Y,,(0p), Resp, = Yl'l(QD),Respy =
Y, _1(0p), Resp, = Y, 4(0p) are the spherical harmonics, Q; and c¢ are constants in the range
Oand 1. Setting ¢ =1 and @; = 1 would make it similar to equations mentioned in section 2.5,
in which case both encoder and decoder would have prior knowledge about these constants. In
some embodiments @; and ¢ can be dynamically computed based on the actual input
covariance matrix and above mentioned approximation of input matrix from DirAC
parameters.
[0150] Given that SPAR coefficients are normalized with respect to covariance, SPAR
coefficients derived from input covariance R are equal to SPAR coefficients derived from E *

R, where E can either be the variance of the I channel or overall signal energy or any constant.
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[0151] In some embodiments, a normalized covariance matrix R_norm is derived based
on DirAC parameters only. R norm is a 4x4 covariance matrix for FOA channels and is an
approximation of actual normalized input covariance matrix, where the actual input covariance
matrix is given as:

Ry, = UUT, 4x4 covariance matrix for FOA input channels, where
U=[W X Y Z]",FOA input, and

R _norm can be computed based on DirAC parameters only as given below:
R_norm;; = (1— ci) * Resp; * Resp; when i ! = j,and R_norm,,,, = Resp,, *

Resp,, and R_norm;; = (1 — cp) * Resp? + Q; when i! = w channel index.

[48]
[0152] SPAR coefficients, including prediction, cross prediction and decorrelation
coefficients, are computed from normalized covariance R_norm,; as disclosed in section 2.3.
3.2.3.1 Example Reconstruction of Prediction and Decorrelation
Coefficients Directly From DirAC Metadata for 1 Channel Downmix
[0153] From the above-mentioned normalized covariance matrix, SPAR coefficients
can be computed based on computations in section 2.3 as follows.

[0154] The prediction coefficient is computed as
PRx/y/z =(1- Cl/)) * Respx/y/z

[49]
[0155] For a one channel downmix, the decorrelation coefficients are computed as
P, =sqrt((1— cip) x Resp; + Qxp — (1 — cyp)? * Resp3).
[50]
P, = sqrt((1 — cp) * Respi + Quip — (1 — cip)? * Resp?),
[51]
P, = sqrt((1— cp) * Resp7 + Qi — (1 — cp)? * Respy).
[52]
[0156] Here, decorrelation coefficients depend on spherical harmonics response. To

avoid this dependency, 3.2.4 can be used.
3.2.4 Another Variant of Generic Reconstruction of SPAR Coefficients

From DirAC Metadata for Any Downmix Configuration
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[0157] In this embodiment, a 4x4 covariance matrix, R, that is an approximation of
actual input covariance R;,, is computed based on DirAC parameters as follows, where the
elements of the matrix are approximated as

Rij = (1 —cy) = E = Resp; * Resp; when i ! = j,and R,,,, = E = Resp,, *
Resp,, andR; = (1— cy)? * E * Resp? + Q;*E*(1— (1— cy)?) wheni! =
w channel index,
[53]
where Resp,, = Yo0(0p), Resp, = Y;,(0p), Respy, = Y; _1(0p),Resp, = Y, ,(0p) are the
spherical harmonics, Q; and c are constants in the range 0 and 1 (e.g., ¢ =1 and @; = 1/3), in
which case both the encoder and the decoder would have prior knowledge about these
constants. In some implementation, Q; and ¢ can be dynamically computed based on actual
input covariance matrix and above mentioned approximation of input matrix from DirAC
parameters.
[0158] Given that SPAR coefficients are normalized, the SPAR coefficients are derived
from R similar to SPAR coefficients derived from E * R, where £ can be variance of just W
channel or overall signal energy or any constant.
[0159] The elements of a normalized 4x4 covariance matrix for FoA channels are
derived based on DirAC parameters only:

R_normi; = (1— cp)! * Resp; * Resp; when i! = j,and R_norm,,, = Resp,, *

Resp,, and R_norm;; = (1 — c)? * Resp? + Q; (1 — (1 — cy)?) wheni! =
w channel index
[54]
[0160] SPAR coefficients, including prediction, cross prediction and decorrelation
coefficients, are computed from R_norm as disclosed in section 2.3.

3.24.1 Example Reconstruction of Prediction and Decorrelation
Coefficients Directly From DirAC Metadata for 1 Channel Downmix
[0161] From the above-mentioned normalized covariance, SPAR coefficients can be
computed based on computations in section 2.3 as follows
[0162] The prediction coefficient can be computed as

PRy/ysz = (1 — cp) * Respyyy/z -

[55]

[0163] For a one channel downmix, decorrelation coefficient can then be computed as
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Py = sqrt(Q.(1— (1— cp)?),

[56]
P, =sqrt(Q,(1— (1 — cp)?),
[57]
B, =sqrt(Q,(1— (1 — c)?).
[58]
[0164] Here, decorrelation coefficients do not depend on spherical harmonics response

and only depend on diffuseness and some constants.

Computation of Constant “c” — Solution 1

[0165] In an example implementation, to further improve the prediction coefficients,
(1 — cp) can be set such that the passive W prediction coefficients are

PR; = sqrt(1 — 1) = Resp;, hereicanbex,y, z

[59]
[0166] Based on equation [53], this will result in value of ¢ as
_ 1-sqrt(1-1)
—
[60]
[0167] In an embodiment, to improve SPAR coefficients that are computed from

DirAC MD, a 4x4 covariance matrix, R_norm, that is an approximation of actual normalized
input covariance R_norm,,, is computed based on DirAC parameters as follows, where the
elements of the matrix are approximated as per [54] and [61] as given below

R_norm;; = sqrt(1 — ) * Resp; * Resp; wheni!=
Jj,and Ryorm,,, = Respy, * Respy, and Rygrm,, = (1 — 9) * Resp? + Q;* wheni! =
w channel index.
[61]
[0168] For a one channel downmix, based on Equations [62]-[64], the decorrelation

coefficients are computed as

Py = sqrt(Qy * ),

[62]

Py = sqrt(Qy * ),
[63]

P, = sqri(Q; x ).
[64]
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[0169] In some embodiments, the values of Qy, @, @, can be set to 1/3.

Computation of Constant “c” - Solution 2

[0170] In another example embodiment, ¢ can be computed such that

1— C‘L/} — Inorm
max (R_inww,Inorm)’

[65]

Intensity normalization is computed as lorm = /(R_inkx + R_ind,y + R_in%;) . here,

R_in;; are the actual input covariance values and

[0171] Substituting this value of ¢ in the prediction coefficient computation Equation
PR; = — fnorm Resp; , which is a close

max (R_inww.Inorm)

R_iny;

approximation of whereican be x, y, z.

max (R,normww'lnorm)'

[66]
[0172] This prediction coefficient [66] is similar to the passive prediction coefficient
computation disclosed in section 2.3.1.1. For this solution the value of ¢ can be transmitted to
the decoder.

3.2.5 Energy compensation of DirAC based downmix
[0173] The covariance computation from DirAC metadata (MD) as disclosed in section
2.5.2 and in the solutions described in sections 3.2.3 and 3.2.4 assumes the signal to be perfectly
SN3D normalized such that

w=xtytz,

[67]
where, w, x, y, z is the variance of W, X, ¥, and Z channel respectively.
[0174] This assumption is not true in real life FoA captures, e.g., in overtalk situations,
diffused background noise captures, etc. The above method results in spatial collapse
especially when the number of downmix channels are limited to 1.
[0175] Energy compensation can be applied to prevent spatial collapse by scaling the
downmix signal such that the upmixed signal is energy matched with respect to the input.
Below is an example implementation of energy compensation with 1 channel downmix.

[0176] The actual input covariance matrix, R is computed, such that N is the

inNxN°®
number of input channels and, R;y, s is the frequency banded or broadband covariance of ith
and jth input channel. For FOA input N=4, andiandjcanbe W, X, ¥, Z.

[0177] The normalized actual input covariance matrix R_norm_iny,y, is computed as
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R_norm_in; ; = Rmi']./me'W
[68]
[0178] The DirAC metadata based normalized covariance estimate, R_normy,y, 1S

computed as per either of the techniques mentioned in sections 2.5.2, 3.2.3 and 3.2.4.

[0179] The scaling factor is obtained as
scale = sqrt(trace(R_norm_iny,y)/max (eps, trace(R_normyyy))),
[69]
scale = max (threshy,,, min (threshy;4p, scale)).
[70]
[0180] Here, threshy,,, and threshy;q, are lower and upper bounds to the scale

factor. In an example embodiment, thresh,,, = 1 and threshy;q, = 2.
[0181] The SPAR downmix matrix and SPAR coefficients, including prediction, cross
prediction and decorrelation coefficients are computed as disclosed in section 2.3, using the
DirAC estimated normalized input covariance matrix.
[0182] Let the downmix matrix be Downmix,,y. The downmix matrix is scaled by
scale computed in equation [70] in section 3.2.5. Let the actual downmix matrix be
Downmix_act;,y and
Downmix_act .y = scale ¥+ Downmixi,y.
[71]
[0183] In an example embodiment, for 1 channel downmix, Downmix,y is given as
follows as per Equation [72],
Downmix,,y =I[Fy, Fy, E;, F]
[72]
[0184] Here, Fy, Fy, F;, F, are the gains that are used to mix ¥, Z, and X channel,
respectively, into /¥ channel to form a downmix channel. Post scaling with “scale” value, the
downmix channel is computed as
W' =scale « (Fyy« W+ Fp*Y + F; % Z 4+ Fy x X).
[73]
[0185] In another example implementation, F, = 1,Fy = F, = F, =0, and W' =
scale * W. Another example implementation with computation of Fyy,, Fy, F;, F, is described in
section 3.3.
[0186] The metadata parameters are unmodified with this scaling. The encoder encodes

metadata parameters and the scaled downmix and the bitstream are transmitted to decoder.
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[0187] The decoder decodes the scaled downmix channel #” and spatial parameters
including the prediction and decorrelation parameters, and applies the prediction and

decorrelation parameters to reconstruct the original input scene such that

Wour = W’(l - fs(prxz + pryz + przz))a

[74]
KXout = erW, + pxDy (W/)v
[75]
Your = pryW/ + pyDZ W),
[76]
Zout = pTZW/ + pzD3(W,)‘
[77]
[0188] Here, prx, pry and pr; are prediction parameters, px, py, and p- are decorrelation

parameters, Di(W), D2(W"), D3(W’) are 3 decorrelated channels decorrelated with respect to
W, fs is active scaling as described in section 3.3. In an example implementation 0 < f; < 1.
[0189] This approach will scale the reconstructed signal by scale factor computed in
equation [70] in this section, thereby energy matching the reconstructed scene with respect to
the input without sending any additional parameter in the bitstream.
3.2.6 Extrapolating Directional Diffuseness in DirAC Bands

[0190] DirAC based covariance estimates assumes uniform diffuseness in all directions
which may not be true with real life signals for e.g., overtalk scenarios. Adding directional
information on top of the diffuseness parameter computed in Equation [7] in section 2.2 would
result in additional metadata to be coded in the bitstream. SPAR does provide directional
diffuseness information in its metadata and the directional information in high bands may be
extrapolated using the directional information in lower bands.

[0191] In an example embodiment for FOA input with one channel downmix, if SPAR
is coding up to the 6 kHz frequency range and the DirAC parameters are sent for 6-24 kHz
frequency range, then the directional information in the SPAR frequency bands can be

extracted as follows:

P
max (epsilon,Pf+ P§+PZ)’

dirg; ffusseness,x —

[78]
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di _ Pd}
Yaiffussenessy = max (epsilon,Pf+ Pj+PZ)’
[79]
di = i
Yaif fussenessz = oo (epsilon,PZ+ PE+PZ)’
[80]
[0192] Here, px, py, and p: are SPAR decorrelation parameters in the last SPAR band.
[0193] This directional information can be used in high frequency bands while

computing downmix using DirAC parameters. An example estimation of normalized
covariance matrix from DirAC metadata with directional diffuseness is as follows. R norm is
a 4x4 matrix for FOA channels that is computed as
R normy; = (1 — cy) = Resp; * Resp; when i ! = j,and R_norm,,, = Resp,, *
Resp,, and R_normy; = (1 — cip)? = Respl-2 +  dirgirrussenessi(1— (1 —
cp)?) when i! = w channel index

[81]
where Resp,, = Y,0(6p), Resp, = Y;,(0p), Resp, = Y; _1(0p),Resp, = Y, ,(6p) are the
spherical harmonics, ¢ is a constant in the range 0 and 1 (e.g., ¢ = 1), in which case both the
encoder and the decoder would have prior knowledge about this constant. In some
implementation, ¢ can be dynamically computed based on actual input covariance matrix and

above mentioned approximation of input matrix from DirAC parameters.

[0194] The downmix matrix and SPAR coefficients, including prediction, cross
prediction and decorrelation coefficients, are computed from R_norm as disclosed in section
2.3. Example computation of Prediction coefficients and decorrelation coefficients for 1
channel downmix is given in [55] to [58]. Downmix matrix can be further scaled as per [70] to
better energy match the reconstructed Ambisonics signal at the decoder with the Ambisonics

signal at the encoder input.

3.2.7 DirAC to SPAR Metadata Conversion for HoA Channels
3.2.7.1 Estimating HoA Input Covariance Matrix from DirAC Parameters
[0195] In this method DirAC parameters are used to estimate the input covariance

matrix.
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[0196] The NxN covariance R is computed based on DirAC parameters, where N is
number of input channels in HOA signal, here R is an approximation of actual input covariance

matrix. In some embodiments, the covariance, R, can be computed as

[82
|
Rij = (1 —=cy) * E % Resp; * Resp;when i! = j,and Ry, = E * Resp,, * Resp,, and R;;
= (1— cp)?«E * Resp? + Q;*Ex (1 — (1— cip)?) wheni!
= w channel index
[0197] Here, Resp; are the spherical harmonics, Q; and ¢ are constants in the range 0
and 1, e.g., ¢=1and Q; = 1/3 for first order channels, i.e., 0 <=1<=3, Q; = 1/5 for second
order channels ,i.e., 4<=i<=8, @; =1/7 for third order channels, i.e., 9<=1<= 15, in which
case both the encoder and the decoder have prior knowledge about these constants. In some
embodiments, Q; and ¢ are dynamically computed based on actual input covariance matrix and
above mentioned approximation of input matrix from DirAC parameters.
[0198] Given that SPAR coefficients are normalized, the SPAR coefficients derived
from, R are equal to SPAR coefficients derived from E * R, where E can be variance of just
W channel or overall signal energy or any constant.
[0199] The covariance R in equation [81] is normalized and the elements of this NxN
normalized covariance matrix, R_norm, are derived based on DirAC parameters only as
follows:
R_norm;; = (1— cp)! * Resp; * Resp; when i! = j,and R_norm,,,, = Resp,, *
Resp,, and R_normy; = (1 — cp)? « Resp? + Q; (1 — (1 — c)?) wheni! =
w channel index.
[83]
[0200] SPAR coefficients, including prediction, cross prediction and decorrelation
coefficients, are computed from R_norm as disclosed in section 2.3.
3.2.7.2 Improving Spatial Resolution of DirAC to SPAR Conversion by
Limiting DirAC Covariance Estimation to FOA Channels Only
[0201] It has been observed that covariance estimation for HOA channels from DirAC
parameters is not optimal when there is critical information in HOA channels. Loss of
ambiance has been observed when estimating the entire Nx/N covariance matrix (or all HOA

SPAR parameters) from the DirAC parameters. A separate approach is desired for such HOA
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signals. Below mentioned are few embodiments for DirAC to SPAR conversion with improved
spatial resolution.

3.2.7.2.1 By computing and coding SPAR HoA parameters independently
[0202] In this method DirAC parameters are used to estimate input covariance matrix
for only FOA channels and then from that estimate SPAR parameters corresponding to FOA
channels are computed. This is done by methods described in section 3.2. and 3.2.4.
[0203] SPAR parameters including prediction coefficients, cross-prediction
coefficients and decorrelation coefficients for HoA channels are computed independently
based on actual covariance matrix of the input signal based on methods described in section
2.3.
[0204] This method will require coding of SPAR HoA parameters into bitstream for all
frequencies.

3.2.7.2.2 Alternate Computation of SPAR HOA Parameters Based on
DirAC Estimated FOA
[0205] This method is applicable to SPAR modes where number of downmix channels
are less than number of input channels to SPAR, that is cases where SPAR has cross-prediction
and/or decorrelation coefficients to code for HOA channels. In this method DirAC parameters
are used to estimate the input covariance matrix for only FOA channels and then from that
SPAR parameters corresponding to FOA channels are computed. This is done by methods
described in sections 3.2. and 3.2.4.

Computation of HOA Prediction Coefficients

[0206] SPAR prediction coefficients for HOA channels are computed independently
based on the actual covariance matrix of the input signal based on methods described in section
2.3.

Computation of HOA Cross-Prediction Coefficients

[0207] Section 2.3 shows that cross-prediction coefficients in SPAR MD depend on
predicted side channels or residual channels in the downmix. Furthermore, the residual
channels in FOA component of the Ambisonics input depends on SPAR MD that is derived
from DirAC MD in a set of frequency bands. Hence, cross-prediction coefficients in HOA
channels can be dependent on DirAC MD in FOA channels and it has been observed that
computing cross-prediction coefficients in HOA channels based on DirAC MD in FOA
channels and SPAR MD in FOA and HOA channels can lead to a better estimate of these
coefficients. In an example implementation, HOA channels (4 to N) prediction coefficients

are computed from an actual input covariance matrix as described in section 2.3. These
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prediction coefficients are quantized based on a quantization strategy. DirAC estimated FoA
prediction coefficients along with SPAR estimated HOA quantized prediction coefficients are
used to generate the downmix matrix as described in section 2.3. A post prediction covariance
matrix is computed from the actual input covariance and downmix matrix computed above.
Cross-prediction coefficients are then computed from post prediction matrix as described in
section 2.3.

Computation of HOA Decorrelation Coefficients

[0208] It has been observed that computing HOA decorrelation coefficients directly
from Ambisonics input covariance as described in section 2.3 without having any dependency
on DirAC MD in FOA channels leads to better estimation of decorrelation coefficients and
results in desired amount of decorrelation in the recontructed HOA channels at the decoder.
This is helpful in reducing the audio artifacts that can arise due to too much decorrelation and
also avoids spatial collapse due to too less decorrelation. In an example implementation, first,
the prediction coefficients corresponding to all side channels are computed from actual input
covariance matrix as described in section 2.3, where side channels in Ambisonics are all
channels input except the # channel. Then, the computation of decorrelation coefficients from
the prediction coefficients and the covariance matrix is the same as described in section 2.3.
This method will code the SPAR HoA parameters into the bitstream for all frequencies.

3.3 Active W Downmix Based on DirAC Metadata

3.3.1 Based on DirAC Based Covariance Estimation
[0209] From DirAC metadata, the input covariance may be estimated as a DirAC

metadata-based input signal (4 x 4) covariance matrix estimation as given in section 3.2.3 or

3.2.4:
R B ( E (1- cz,b)Ez’l*)
el = \((1 = ep)E)a S ’
[84]
where 7 is 3x1 unit vector with elements Resp,, Resp,, Resp, and, as per section 3.2.3,
and S is a 3x3 matrix where the elements of the matrix are given by
Si;j= (1= cy) *E x Resp; * Resp; wheni! = j,and S; = (1 — cp) = E %
Resp? + Qi+ +E

[85]

[0210] Alternatively, S can be computed as given in section 3.2.4 as
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Sij= (1— cp) *E « Resp; x Resp; when i ! = j,and Sy; = (1 — cp)? + E *
Resp? + Qi Ex(1— (1— cp)?) .

[86]
[0211] One possible approach to performing active downmix based on above

covariance matrix is by having following prediction matrix

Predige, = <_;ﬁ I _Fgﬁ;ﬁﬁ*> ,where F = (1 — cyr), where, gii are the
active prediction coefficients and # is [3x1] unit vector Resp,, Resp,, Resp,.
[87]
[0212] Then post prediction matrix can be given as
Post_predictionjyxs) = Pred * Riax) * Pred’,
[88]
Post _prediction ) = (f ),
[89]
[0213] Other elements of the matrix in [89] are not shown as they are not relevant to

the active downmixing gains computation.

[0214] Minimizing # by setting &* * 7, results in a linear equation given by
. +BF
linear(g) = gpF* +2agF +Eg— BF— a, g = ;?F;:zm
[90]
[0215] Here, =0"*S+ i=E,a= (1— c)E,F = (1— cip). Substituting the

values in [90], E cancels out in the denominator and numerator and g can be computed directly

from DirAC metadata on both the encoder and decoder side.

[0216] Actual downmix matrix for 1 channel downmix, post scaling, is given as
Predjy,q = (r rF@*), wherer is a scaling factor.

[91]

[0217] The computation of the post prediction scaling factor “7” is done by matching

the reconstructed W variance at decoder with the variance of W encoder input,

_ .gw+\/gw2+4fsgz
=TT

[92]
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where g,, = \/%, and m is the post predicted # variance without r scaling variance and, f;, is

a scaling constant between 0 and 1 (e.g., 0.5).

[0218] The scaled prediction coefficients are computed as follows
[93]
[0219] Here, g'ti = [pr; pry; pr,] are the active prediction coefficients.

Computation of decorrelation coefficients is as follows
Post_predictionpyy) = Pred * Ryyya) * Pred’
Here, Pred is the prediction matrix given in [91], decorrelation coefficients are computed from

Post_prediction ) as follows

Resuu

NResuu=

max(s,Post_predictionwyw,tr(|Resuu\))’

P = diag(\[max (O, real(diag(NReSuu)))),

[94]

[0220] Here, Resu 1s a 3x3 matrix and is equal to Post predictiony2:4, 2:4), and P = [px;
D, pz| are the decorrelation coefficients.

[0221] Computation of active W downmix channel from FOA input [, ¥, Z, X] is
given as

W' =scalexr« (W +Fy«Y+F;*Z + Fy*X)

Fy = F*Resp,,
Fy = F*Resp,
F; = F*Resp,

Computation of scale is given in [70], computation of another scale factor r is given in [92],

W'is encoded with a core coder, DirAC MD is coded and together these coded bits are sent to

decoder
[0222] The inverse prediction matrix at the decoder is given as follows:
2
InvPred gy = ((1 _gf;ig ) Z),g’ =%
[95]
[0223] Reconstruction of FOA channels at decoder is as follows
Woue = W'(1 = fs(ori + pri? + p1i?)).

[96]
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Xout = pTxW, + pyDy (W/),

[97]
Your = pryW’ + pyD,(W'),
[98]
Zoue = pr,W' + p,Ds(W".
[99]
[0224] Here, prx, pry and pr: are prediction parameters that are computed from DirAC

MD as given in [90], px, py, and p- are decorrelation parameters that are computed from DirAC
MD as given in [94], Di(W’), D2W’), D3(W’) are 3 decorrelated channels decorrelated with

respect to W, fs is the scaling constant used in [92].

3.4 SPAR to DirAC Metadata Conversion

[0225] It may be desired to convert SPAR MD to DirAC MD in a set of frequency
bands such that DirAC MD is available at all required frequency bands in order to perform
upmix to desired output format at the decoder. Direct conversion from SPAR MD to DirAC
MD also saves complexity. In an example implementation, It is possible to derive directional

vector dv from prediction coefficients

PR
dvg = —x—0o——
\/(PR,ZC+ PR3+ PRZ)
[100]
Here, s can be x,y,z
[0226] Azimuth and elevation can then be computed based on equations [5] and [6].

3.4.1 Diffuseness Computation From SPAR Metadata

[0227] Assuming that SPAR perfectly reconstructs the covariance (COV) matrix, the
output covariance matrix can be computed at the decoder from the input (DMX + decorrelators)
covariance and upmix matrix. From the output COV, the reference power and intensity are
computed and averaged over N frames (e.g., 8 frames). From that, diffuseness is computed as
per Equation [7].

[0228] There are other embodiments to directly compute DirAC diffuseness from
SPAR metadata without computing output covariance matrix as disclosed below.

3.4.1.1 Alternate Method for Diffuseness for 1 Channel Downmix With Passive W
Downmix (where W channel in downmix is same or just delayed version of W channel in

input)
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[0229] Let the variance of W, X, ¥, Zbew, x, y, z. In a1 channel downmix case, y can
be approximated as

y =wpry + pd3)
[101]
where, pry is the prediction coefficient and pd is the decorrelation coefficient for the ¥ channel.
Similarly, x and z can be calculated for the X and Z channels. The reference power £ can then
be computed as (w + x +y + 2),

E=w(l+ pry + pdj + pr? + pdi + pr} + pd?).

[102]
[0230] Intensity can be computed as
Iy =w % pry,lx =w=x* pry, I, =wx* pr,.
[103]
[0231] Referring to Equation [7], diffuseness ¢ may be approximated directly from
SPAR metadata as follows:
\/ (Préowat Préowyt Préow.s)
= L e ot Doy PP Pt Py D)
[104]
[0232] Here, prgow,s 1s either same as pry or it could be a long time average of prs,

, PAgiow,s 1S either same as pd; or it could be along time average of pd, Here, s can be x,y, z.

3.4.1.2 Alternate Method for Diffuseness for 1 Channel Downmix With
Active W Downmix

[0233] Given the inverse matrix with active # computation as mentioned in section
33.1.
)

InvPTreds ) = ((1 _g]f;tg ) 103)'9, =%

[105]
[0234] Let the variance of W, X, ¥, Zbe w, x, y, z and in 1 channel downmix case, y
can be approximated as

y =w(pr? + pd}).

[106]
[0235] Here, pry is the prediction coefficient and pd) is the decorrelation coefficient for
the ¥ channel. Similarly, x and z can be calculated as well.
[0236] The reference power can then be computed as (W + x + y + z),
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E=w((1-f,g")?*+ pry + pd; + pr¢ + pd: + pr} + pd?).

[107]
[0237] Intensity can be computed as
Ly =wx pry, I, =w=x pr, I, =w* pr,.
[108]
[0238] Referring to Equation [7], diffuseness 1 may be approximated directly from

SPAR metadata as (if we average w separately),

[109]
Il} 1 \/(pTSZIGW,x+ prSZIOW,y+ prsleW,Z)
- 0-5*((17fsg,2)2+ prszlow,x+ prszlow,y+ prszlow,z+ pdélow,x+ pd?low,y+ pd?low,z).
[0239] Here, prsiow,s 1S either same as pry or it could be a long time average of prs,

, Pdg1ow,s 1S either same as pd; or it could be along time average of pd, Here, s can be x,y, z.

3.4.1.3 Alternate Method for Diffuseness for Any Passive # Downmix Channel
Configuration
[0240] This method is based on the normalization of the input Ambisonics signal. For

example, if the FoA input is normalized using Schmidt semi-normalization (SN3D), then it
assumes that w =x+y+z, wherew, x, y, z is the variance of W, X, ¥, and Z channels, respectively.
This makes w+x+y+z = 2%w.

[0241] Substituting the variance assumption and intensity from equation [108] in

section 3.4.1.1. into the diffuseness formula in Equation [7] gives,

2 2
+ prslaw,y+ prslow,z)

W\/(prszlow,x
Dif fuseness = Y= 1—

0.5+(2+w) ’
[110]
Dif fuseness = yy= 1-— \/(prszlow,x + prszlow,y + prszlow,z)
[111]
[0242] Here, prs1ow,s 1s either same as pr; or it could be a long time average of pr,

here, s can be x,y, z.

Example Encoding Processes
[0243] FIG. 6 is a flow diagram of process 600 of encoding using the encoders as
described in reference to FIGS. 2 and 4 for FOA input, according to some embodiments.
Process 600 can be implemented using the electronic device architecture described in reference

to FIG. 9.
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[0244] Process 600 includes: receiving a multi-channel audio signal comprising a first
set of channels (601); for a first set of frequency bands: computing directional audio coding
(DirAC) metadata from the first set of channels (602); quantizing and encoding the DirAC
metadata (603); converting the quantized and encoded DirAC metadata into two or more
parameters of a first spatial reconstruction (SPAR) metadata (604); for a second set of
frequency bands that are lower than the first set of frequency bands: computing a second SPAR
metadata from the first set of channels (606); quantizing and encoding the second SPAR
metadata (607); generating a downmix based on the first SPAR metadata and the second SPAR
metadata (608); computing frequency coefficients from the first set of channels (609);
downmixing to a second set of channels from the coefficients and downmix (610); encoding
the second set of channels (611); and outputting a bitstream including the encoded second set
of channels, the quantized and encoded second SPAR metadata and the quantized and encoded
DirAC metadata (612). Each of these steps was previously described in reference to FIGS. 2
and 4.

[0245] FIG. 7 is a flow diagram of process 700 of encoding using the encoders as
described in reference to FIGS. 2 and 4 for FOA plus HOA input, according to some
embodiments. Process 700 can be implemented using the electronic device architecture
described in reference to FIG. 9.

[0246] Process 700 includes: receiving a multi-channel audio signal comprising a first
set of channels and a second set of channels different than the first set of channels (701); for a
first set of frequency bands: computing directional audio coding (DirAC) metadata from the
first set of channels (702); quantizing and encoding the DirAC metadata (703); converting the
quantized and encoded DirAC metadata into two or more parameters of a first spatial
reconstruction (SPAR) metadata (704); for a second set of frequency bands that are lower than
the first set of frequency bands: computing a second SPAR metadata from the first set of
channels and the second set of channels (705); quantizing and encoding the second SPAR
metadata (706), generating a downmix based on the first SPAR metadata and the second SPAR
metadata (707); computing frequency coefficients from the first set of channels and the second
set of channels (708); downmixing to a third set of channels from the coefficients and downmix
(709); encoding the third set of channels (710); and outputting a bitstream including the
encoded third set of channels, the quantized and encoded second SPAR metadata and the
quantized and encoded DirAC metadata (711). Each of these steps was previously described

in reference to FIGS. 2 and 4.
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[0247] FIG. 8 is a flow diagram of process 800 of decoding using a codec as described
in reference to FIGS. 3 and 5 according to some embodiments. Process 800 can be
implemented using the electronic device architecture described in reference to FIG. 9.
[0248] Process 800 includes: receiving an encoded bitstream including encoded audio
channels and metadata, the metadata including a first directional audio coding (DirAC)
metadata associated with a first frequency band, and a first spatial reconstruction (SPAR)
metadata associated with a second frequency band that is lower than the first frequency band
(801); decoding and dequantizing the first DirAC metadata and the first SPAR metadata (802);
for the first frequency band: converting the dequantized DirAC first metadata into two or more
parameters of a second SPAR metadata (803); mixing the first and second SPAR metadata into
a combined SPAR metadata (804); decoding the encoded audio channels (805); reconstructing
downmix channels from the decoded audio channels (806); converting the downmix channels
into a frequency banded domain (807); generating a SPAR upmix based on the combined
SPAR metadata (808); upmixing the downmix channels in the frequency banded domain to a
first set of channels based on the SPAR upmix (809); estimating a second DirAC metadata in
the second frequency band from the first set of channels and zero or more parameters in the
first SPAR metadata (810); upmixing the first set of channels to a second set of channels in the
frequency banded domain based on the first and the second DirAC metadata (811); and
converting the second set of channels from the frequency banded domain into a time domain
(812).

Example System Architecture
[0249] FIG. 9 shows a block diagram of an example electronic device architecture 900
suitable for implementing example embodiments of the present disclosure. Architecture 900
includes but is not limited to servers and client devices, as previously described in reference to
FIGS. 1-8.
[0250] As shown, the architecture 900 includes central processing unit (CPU) 901
which is capable of performing various processes in accordance with a program stored in, for
example, read only memory (ROM) 902 or a program loaded from, for example, storage unit
908 to random access memory (RAM) 903. In RAM 903, the data required when CPU 901
performs the various processes is also stored, as required. CPU 901, ROM 902 and RAM 903
are connected to one another via bus 804. Input/output (I/O) interface 905 is also connected to
bus 904.
[0251] The following components are connected to I/O interface 905: input unit 906,

that may include a keyboard, a mouse, or the like; output unit 907 that may include a display
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such as a liquid crystal display (LCD) and one or more speakers; storage unit 908 including a
hard disk, or another suitable storage device; and communication unit 909 including a network
interface card such as a network card (e.g., wired or wireless).

[0252] In some implementations, input unit 906 includes one or more microphones in
different positions (depending on the host device) enabling capture of audio signals in various
formats (e.g., mono, stereo, spatial, immersive, and other suitable formats).

[0253] In some implementations, output unit 907 include systems with various number
of speakers. Output unit 907 (depending on the capabilities of the host device) can render audio
signals in various formats (e.g., mono, stereo, immersive, binaural, and other suitable formats).
[0254] In some embodiments, communication unit 909 is configured to communicate
with other devices (e.g., via a network). Drive 910 is also connected to I/O interface 905, as
required. Removable medium 911, such as a magnetic disk, an optical disk, a magneto-optical
disk, a flash drive or another suitable removable medium is mounted on drive 910, so that a
computer program read therefrom is installed into storage unit 908, as required. A person
skilled in the art would understand that although system 900 is described as including the
above-described components, in real applications, it is possible to add, remove, and/or replace
some of these components and all these modifications or alteration all fall within the scope of
the present disclosure.

[0255] In accordance with example embodiments of the present disclosure, the
processes described above may be implemented as computer software programs or on a
computer-readable storage medium. For example, embodiments of the present disclosure
include a computer program product including a computer program tangibly embodied on a
machine readable medium, the computer program including program code for performing
methods. In such embodiments, the computer program may be downloaded and mounted from
the network via the communication unit 709, and/or installed from the removable medium 911,
as shown in FIG. 9.

[0256] Generally, various example embodiments of the present disclosure may be
implemented in hardware or special purpose circuits (e.g., control circuitry), software, logic or
any combination thereof. For example, the units discussed above can be executed by control
circuitry (e.g., CPU 901 in combination with other components of FIG. 9), thus, the control
circuitry may be performing the actions described in this disclosure. Some aspects may be
implemented in hardware, while other aspects may be implemented in firmware or software
which may be executed by a controller, microprocessor or other computing device (e.g., control

circuitry). While various aspects of the example embodiments of the present disclosure are
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illustrated and described as block diagrams, flowcharts, or using some other pictorial
representation, it will be appreciated that the blocks, apparatus, systems, techniques or 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.

[0257] 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, embodiments of the present disclosure include a computer program product
including a computer program tangibly embodied on a machine readable medium, the computer
program containing program codes configured to carry out the methods as described above.
[0258] In the context of the disclosure, a machine readable medium may be any
tangible medium that may contain, or store a program for use by or in connection with an
instruction 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 be non-transitory and may include but not limited to an electronic, magnetic,
optical, electromagnetic, infrared, or semiconductor system, apparatus, or device, or any
suitable combination of the foregoing. More specific examples of the machine readable storage
medium would include an electrical connection 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.

[0259] Computer program code for carrying out methods of the present disclosure 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 that has control circuitry, such that
the program codes, when executed by the processor of the computer or other programmable
data processing apparatus, cause the functions/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 or distributed over one or

more remote computers and/or servers.
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[0260] While this document contains many specific implementation details, these
should not be construed as limitations on the scope of what may be claimed, but rather as
descriptions of features that may be specific to particular embodiments. Certain features that
are described in this specification in the context of separate embodiments can also be
implemented in combination in a single embodiment. 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. Moreover, although features may
be described above as acting in certain combinations and even initially claimed as such, one or
more features from a claimed combination can, in some cases, be excised from the
combination, and the claimed combination may be directed to a sub combination or variation
of a sub combination. Logic flows depicted in the figures do not require the particular order
shown, or sequential order, to achieve desirable results. In addition, other steps may be
provided, or steps may be eliminated, from the described flows, and other components may be
added to, or removed from, the described systems. Accordingly, other implementations are

within the scope of the following claims.
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What is claimed is:

CLAIMS
1. A method comprising:
receiving, with at least one processor, a multi-channel audio signal comprising a first
set of channels;
for a first set of frequency bands:
computing, with the at least one processor, directional audio coding (DirAC)
metadata from the first set of channels;
quantizing, with the at least one processor, the DirAC metadata;
encoding, with the at least one processor, the quantized DirAC metadata;
converting, with the at least one processor, the quantized DirAC metadata into
two or more parameters of a first spatial reconstruction (SPAR) metadata;
for a second set of frequency bands that are lower than the first set of frequency
bands:
computing, with the at least one processor, a second SPAR metadata from the
first set of channels;
quantizing, with the at least one processor, the second SPAR metadata,
encoding, with the at least one processor, the quantized second SPAR
metadata;
generating, with the at least one processor, a downmix based on the first SPAR
metadata and the second SPAR metadata;
computing, with the at least one processor, frequency coefficients from the first set of
channels;
downmixing, with the at least one processor, to a second set of channels from the
coefficients and downmix;
encoding, with the at least one processor, the second set of channels; and
outputting a bitstream including the encoded second set of channels, the quantized

and encoded second SPAR metadata and the quantized and encoded DirAC metadata.

2. The method of claim 1, wherein the first set of channels are first order Ambisonic (FOA)

channels.
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3. The method of claims 1 or 2, wherein one or more parameters in the first SPAR metadata
for the first set of frequency bands are coded in a bitstream rather than converted from DirAC

metadata.

4. The method of claim 3, wherein the first SPAR metadata parameters coded in the bitstream
are computed from a combination of DirAC metadata and an input covariance of the first set

of channels.

5. The method of any of the preceding claims 1-4, wherein the second set of channels
includes a primary downmix channel, wherein the primary downmix channel is obtained by
applying gains to the first set of channels and adding the gain-adjusted first set of channels
together, wherein the gains are computed from the DirAC metadata, wherein the primary

downmix channel is a representation of a dominant eigen signal for the first set of channels.

6. A method comprising:
receiving, with at least one processor, a multi-channel audio signal comprising a first
set of channels and a second set of channels different than the first set of channels;
for a first set of frequency bands:
computing, with the at least one processor, directional audio coding (DirAC)
metadata from the first set of channels;
quantizing, with the at least one processor, the DirAC metadata;
encoding, with the at least one processor, the quantized DirAC metadata;
converting, with the at least one processor, the quantized DirAC metadata into
two or more parameters of a first spatial reconstruction (SPAR) metadata;
for a second set of frequency bands that are lower than the first set of frequency
bands:
computing, with the at least one processor, a second SPAR metadata from the
first set of channels and the second set of channels;
quantizing, with the at least one processor, the second SPAR metadata;
encoding, with the at least one processor, the quantized second SPAR
metadata;
generating, with the at least one processor, a downmix based on the first SPAR

metadata and the second SPAR metadata;
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computing, with the at least one processor, frequency coefficients from the first set of
channels and the second set of channels;

downmixing, with the at least one processor, to a third set of channels from the
coefficients and downmix;

encoding, with the at least one processor, the third set of channels; and

outputting a bitstream including the encoded third set of channels, the quantized and

encoded second SPAR metadata and the quantized and encoded DirAC metadata.

7. The method of claim 6, wherein two or more parameters in the first SPAR metadata are
converted from DirAC metadata, and the second SPAR data is computed using an input

covariance.

8. The method of claims 6 or 7, wherein one or more parameters in the first SPAR metadata
for the first set of frequency bands are coded in a bitstream rather than converted from DirAC

metadata.

9. The method of claim 8, wherein the first SPAR metadata parameters coded in the bitstream
are computed from a combination of DirAC metadata and a covariance of the second set of

channels.

10. The method of claims 8 or 9, wherein the first SPAR metadata parameters coded in the
bitstream include prediction coefficients, cross-prediction coefficients and decorrelation

coefficients for the second set of channels.

11. The method of any of the preceding claims 6-10 wherein the first set of channels are first
order Ambisonic (FOA) channels and the second set of channels include at least one of planar

or non-planar higher order Ambisonic (HOA) channels.

12. The method of any of the preceding claims 6-11, wherein the two or more parameters of
the first SPAR metadata are converted from DirAC metadata and the second SPAR metadata

is computed and coded for all frequency bands.

13. The method of any of the preceding claims 6-12, wherein the second SPAR metadata is

computed from first and second sets of channels and the first SPAR metadata.
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14. The method of any of the preceding claims 6-13, comprising:

computing third SPAR metadata for the second set of channels and the first set of
frequency bands, by:

computing a first set of prediction coefficients for the second set of channels in the
third SPAR metadata from a first input covariance of the first set of channels and the second
set of channels;

quantizing the first prediction coefficients in the third SPAR metadata;

computing a first downmix from the quantized first prediction coefficients for the
second set of channels and the first set of frequency bands, and quantized DirAC metadata for
the first set of channels and the first set of frequency bands;

computing a first post prediction with the first input covariance and the first
downmix;

computing a first set of cross-prediction coefficients in the third SPAR metadata from
the first post-prediction;

quantizing the first cross-prediction coefficients in the third SPAR metadata;

computing a second set of prediction coefficients for the first set of channels and the
first set of frequency bands from the first input covariance;

computing a second downmix from the unquantized first and second prediction
coefficients for the first set of channels and the second set of channels and the first set of
frequency bands;

computing a second post prediction with the first input covariance and the second
downmix;

computing a second set of cross-prediction coefficients from the second post-
prediction;

computing a first residual from the second cross-prediction coefficients and the
second post-prediction;

computing a first set of decorrelation coefficients in the third SPAR metadata from
the first residual and the first set of frequency bands;

quantizing the first decorrelation coefficients in the third SPAR metadata,

encoding the first prediction coefficients, the first cross-prediction coefficients and the
first decorrelation coefficients in the third SPAR metadata;

outputting a bitstream including the encoded first prediction coefficients, the first

cross-prediction coefficients and the first decorrelation coefficients.
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15. The method of any of the preceding claims 4-5 or 7-14, wherein the DirAC metadata is

estimated based on the input covariance matrix.

16. The method of any of the preceding claims 4-5 or 7-15, wherein generating the SPAR
metadata from DirAC metadata comprises:

approximating a second input covariance from the DirAC metadata and spherical
harmonics responses; and

computing the two or more parameters in the SPAR metadata from the second input

covariance.

17. The method of claim 16, wherein one or more elements of the second input covariance
are generated using the DirAC metadata and decorrelation coefficients in the second SPAR

metadata.

18. The method of any of the preceding claims 16 or 17, wherein one or more elements of
the second input covariance are generated from DirAC metadata, such that the decorrelation
coefficients in the SPAR metadata depend only on a diffuseness parameter in the DirAC

metadata and normalization of Ambisonics input and one or more constants.

19. The method of any of the preceding claims 6-18, wherein the third set of channels
includes a primary downmix channel, wherein the primary downmix channel is obtained by
applying gains to the first set of channels and adding the gain-adjusted first set of channels
together, wherein the gains are computed from the DirAC metadata, wherein the primary

downmix channel is a representation of a dominant eigen signal for the first set of channels.

20. The method of claim 4-5 or 7-19, wherein the DirAC metadata includes a diffuseness
parameter computed based on a reference power (£) and intensity (/) of the multichannel

audio signal, wherein £ and / are computed based on the input covariance.

21. The method of claim 20, wherein the first set of channels includes first order Ambisonic
(FOA) channels, and computation of the reference power in the DirAC metadata ensures that
the reference power is always greater than or equal to the variance of a W channel of the FOA

channels.
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22. The method of any of the preceding claims 16-21, wherein the downmix is energy
compensated in the first set of frequency bands based on a ratio of a total variance of the first
set of channels and a total variance as per the second input covariance generated using the

DirAC metadata.

23. A method comprising;

receiving, with at least one processor, an encoded bitstream including encoded audio
channels and metadata, the metadata including a first directional audio coding (DirAC)
metadata associated with a first frequency band, and a first spatial reconstruction (SPAR)
metadata associated with a second frequency band that is lower than the first frequency band;

decoding, with the at least one processor, the first DirAC metadata and the first SPAR
metadata;

dequantizing, with the at least one processor, the decoded first DirAC metadata and
the first SPAR metadata;

for the first frequency band:

converting, with the at least one processor, the dequantized first DirAC
metadata into two or more parameters of a second SPAR metadata;
mixing, with the at least one processor, the first and second SPAR metadata

into a combined SPAR metadata;

decoding, with the at least one processor, the encoded audio channels;

reconstructing, with the at least one processor, downmix channels from the decoded
audio channels;

converting, with the at least one processor, the downmix channels into a frequency
banded domain;

generating, with the at least one processor, a SPAR upmix based on the combined
SPAR metadata;

upmixing, with the at least one processor, the downmix channels in the frequency
banded domain to a first set of channels based on the SPAR upmix;

estimating, with the at least one processor, a second DirAC metadata in the second
frequency band from the first set of channels and zero or more parameters in the first SPAR

metadata;
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upmixing, with the at least one processor, the first set of channels to a second set of
channels in the frequency banded domain based on the first and the second DirAC metadata;
and

converting, with the at least one processor, the second set of channels from the

frequency banded domain into a time domain.

24. The method of claim 23, wherein the downmix is converted into a frequency banded

domain using a filterbank (complex Low Delay Filter Bank).

25. The method of any of the preceding claims 23 or 24, wherein the first set of channels
includes first order Ambisonics (FOA) channels and zero or more higher order Ambisonics

(HOA) channels.

26. The method of any of the preceding claims 23-25, wherein the HOA channels of the first

set of channels include at least one of planar HOA channels or non-planar HOA channels.

27. A method of any of the preceding claims 23-26, wherein the bitstream includes a third
SPAR metadata that corresponds to HOA channels of the first set of channels and the first

frequency band.

28. The method of any of the preceding claims 23-27, wherein the DirAC metadata are
estimated for a third set of frequency bands including the first set of frequency bands and the
second set of frequency bands from first order Ambisonics (FOA) channels in the frequency

banded domain.

29. The method of any of the preceding claims 23-28, wherein the DirAC metadata are
estimated for a fourth set of frequency bands that is a subset of the second set of frequency
bands from SPAR metadata and zero or more elements of a covariance generated using the

downmix and the upmix in the fourth set of frequency bands.

30. The method of claim 29, wherein, computation of the DirAC metadata from SPAR
metadata for the fourth set of frequency bands comprises:
computing direction of arrival angles in DirAC metadata from prediction coefficients

in SPAR metadata only; and
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computing a diffuseness parameter in the DirAC metadata from prediction
coefficients and zero or more decorrelation coefficients in the SPAR metadata and a scale

factor.

31. The method of any of the preceding claims 23-26, wherein the encoded channels include
first order Ambisonic channels, and upmixing the downmix channels to a first set of channels
in the first frequency band comprises:
computing an upmix scaling gain from the first DirAC metadata; and
applying the upmix scaling gain to the primary downmix channel to obtain the W
channel of the first set of channels in the first frequency band, wherein the primary
downmix channel is a representation of a dominant eigen signal for the first set of

channels.

32. A non-transitory computer-readable storage medium storing instructions that, when
executed by a computing apparatus, cause the computing apparatus to perform the method of

any of claims 1-31.

33. A computing apparatus, comprising:
at least one processor; and
memory storing instructions, that when executed by the at least one processor, cause the

computing apparatus to perform the method of any of claims 1-31.
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