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IMMERSIVE VOICE AND AUDIO SERVICES (IVAS) WITH
ADAPTIVE DOWNMIX STRATEGIES
CROSS-REFERENCE TO RELATED APPLICATIONS
[0001] This application claims the benefit of priority to U.S. Provisional Patent
Application No. 63/228,732, filed August 3, 2021, U.S. Provisional Patent Application No.
63/171,404, filed April 6, 2021, and U.S. Provisional Patent Application No. 63/120,365,

filed December 2, 2020, all of which are incorporated herein by reference.

TECHNICALFIELD

{0002} This disclosure relates generally to audio bitstream encoding and decoding.
BACKGROUND
{6003} Voice and audio encoder/decoder (“codec”) standard development has recently

focused on developing a codec for immersive voice and audio services (IVAS). 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
intended to be supported by a wide range of devices, endpoints, and network nodes, including
but not limited to: mobile and smart phones, electronic tablets, personal computers, conference
phones, conference rooms, virtual reality (VR) and augmented reality (AR) devices, home
theatre devices, and other suitable devices.

{0004] The IVAS codec efficiently codes an N channel multi-channel input including
Ambisounics input by downmixing the input into N_dmx channels (wherein N_dmx <= N) and
generating side information {(spatial metadata), these N _dmx channels are then coded by one
or more instances of core codecs. The core codec bits along with coded side information are
then transmitted to the IVAS decoder. The IVAS decoder decodes the N _dmx downmix
channels using one or more instances of core codecs and then reconstructs the multi-channel
input from the N _dmx channels using the transmitted side information and one or more
instances of decorrelators.

{6005} At various bitrates, different number of N_dmx may be coded, e.g., at 32 kbps
only 1 downmix channel may be coded. One of the N dmx downmix channels is a
representation of a dominant eigen signal (W’) of the N channel input (hereinafier, also referred
to as “primary downmixing channel”) and the rest of the downmix channels may be derived as

a function of W’ and the multi-channel input. There are two downmixing schemes available
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in IVAS: a passive downmix scheme and an active downmix scheme. In the passive downmix
scheme, the dominant eigen signal (W’) is a delayed version of the center channel or the
primary input channei (the W channel in case of Ambisonics input). In the active downmix
scheme, the eigen signal (W’) is obtained by scaling and adding one or more channels in the N
channel input. For example, for a first order Ambisonics (FoA) input, W= oW + 31 Y + 53X +
s3Z, where so.3 are input downmixing gains. Thus, the passive downmixing scheme can be
viewed as a special case of the active downmixing scheme wherein sp= 1, 1= 0, s2= 0 and s3

=0.

SUMMARY

{8006} Implementations are disclosed for IVAS coding with adaptive downmix
strategies, wherein an adaptive downmix is either a passive downmix, an active downmix or a
combination of passive and active downmix. In an embodiment, an audio signal enceding
method that uses an encoding downmix strategy applied at an encoder that is different than a
decoding re-mix/upmix strategy applied at a decoder, comprises: obtaining, with at least one
processor, an input audio signal, the input audio signal representing an input audio scene and
comprising a primary input audio channel and side channels; determining, with the at least one
processor, a type of downmix coding scheme based on the input audio signal; based on the type
of downmix coding scheme: computing, with the at least one processor, one or more input
downmixing gains to be applied to the input audio signal to construct a primary downmix
channel, wherein the input downmixing gains are determined to minimize an overall prediction
error on the side channels; determining, with the at least one processor, one or more downmix
scaling gains to scale the primary downmix channel, wherein the downmix scaling gaius are
determined by minimizing an energy difference between a reconstructed representation of the
input audio scene from the primary downmix channel and the input audio signal; generating,
with the at least one processor, prediction gains based on the input audio signal, the input
downmixing gains and the downmix scaling gains; determining, with the at least one processor,
one or more residual channels from the side channels in the input audio signal by using the
primary downmix channel and the prediction gains to generate side channel predictions and
then subtracting the side channel predictions from the side channels; determining, with the at
feast one processor, decorrelation gains based on energy in the residual channels; encoding,
with the at least one processor, the primary downmix channel, the zero or more residual

channels and side information into a bitstream, the side information comprising the prediction
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gains and the decorrelation gains; and sending, with the at least one processor, the bitstream to
a decoder.

{0067} In an embodiment, the method further comprises: computing, with the at least
one processor, an input covariance based on the input audio signal; and determining, with the
at least one processor, the overall prediction error using the input covariance.

{6008] In an embodiment, the computation of the downmix scaling gains further
comprises. determining, with the at least one processor, upmixing scaling gains as a function
of the side information transmitted to the decoder; generating, with the at least one processor,
the representation of the input audio scene from the primary downmix channel and the zero or
more residual channels by applying the upmixing scaling gains to the primary downmix
channel such that the overall energy of the input audio scene 1s preserved; determining, with
the at least one processor, the downmix scaling gains by solving a closed form solution of a
polynomial to preserve energy of the input audio scene, where the downmix scaling gains are
determined when matching energy of the reconstructed input audio scene with the energy of
the input audio scene.

{6009} In an embodiment, the upmixing scaling gains to recoustruct the representation
of the input audic scene from the primary downmix channel and the zero or more residual
channels is a function of the prediction gains and the decorrelation gains transmitted in the side
information to the decoder, such that the reconstructed representation of the primary input
audio signals in phase with the primary downmix channel, and the polynomial is a quadratic
polynomial.

{0010} In an embodiment, the upmixing scaling gains to reconstruct the representation
of the input audio scene from the primary downmix channel is a function of the prediction
gains and the decorrelation gains transmitted to the decoder, such that the downmix scaling
gains obtained by solving the quadratic polynomial scale the prediction gains and the
decorrelation gains within a specified quantization range.

{6011} In an embodiment, the preceding method further comprises: at the encoder:
computing, with at least one encoder processor, a combination of the input downmixing gains
to be applied to the input audio signal to generate the primary downmix channel, and the
downmix scaling gains, wherein the input downmixing gains are computed as a function of the
input covariance of input audio signal; generating, with the at least one encoder processor, the
primary downmix channel based on the input audio signal and the input downmixing gains;
generating, with the encoder processor, the prediction gains based on the input audio signal

and input downmixing gains; determining, with the at least one encoder processor, the residual
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channels from the side channels in the input audio signal by using the primary downmix
channel and the prediction gains to generate the side channel predictions and then subtracting
the side channel predictions from the side channels in the input audio signal; determining, with
the at least one encoder processor, the decorrelation gains based on the energy in the residual
channels; determining, with the at least one encoder processor, the downmix scaling gains to
scale the primary downmix channel, the prediction gains and the decorrelation gains, such that
the prediction gains or the decorrelation gains, or both are in the specified quantization range;
encoding, with the at least one encoder processor, the primary downmix channel, the zero or
more residual channels and the side information including the scaled prediction gains, and the
scaled decosrelation gains into the bitsiream; sending, with the at least one encoder processor,
the bitstream to the decoder; at the decoder: decoding, with at least one decoder processor, the
primary downmix channel, the zero or more residual channels and the side information
including the scaled prediction gains, and the scaled decorrelation gains; setting, with the at
feast one decoder processor, the upmix scaling gains as a function of the prediction gains and
the decorrelation gains; generating, with the at least one decoder processor, the decorrelated
signals that are decorrelated with respect to the primary downmix channel; and applying, with
the at least one decoder processor, the upmix scaling gains to the combination of the primary
downmix channel, the zero or more residual channels and the decorrelated signals to
reconstruct the representation of the input audio scene, such that the overall energy of the input
audio scene is preserved.

{6012} In an embodiment, the input downmixing gains to be applied to the input audio
signal to generate the primary downmix channel are computed as a function of a normalized
input covariance, such that a numerator of the function is a first constant mulitiplied by a
covariance between the primary input audio channel and the side channels and a denominator
of the function i3 a maximum of a second constant multiplied by the variance of the primary
input audio channel and a sum of variances of the side channels of the input audio signal; and
generating, with the at least one encoder processor, a linear polynomial by minimizing a
prediction error for the side channel predictions and solving for the prediction gains.

{6013} In an embodiment, the input downmixing gains to be applied to the input audio
signal to generate the primary downmix channei correspond to a passive downmix coding
scheme, such that the primary downmix channel is either the same as the primary input audio
signal or a delayed version of the primary input audio signal, and the input downmixing gains
to be applied to the input audio signal to generate the primary downmix channel are computed

as a function of the prediction gains.
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j0014] In an embodiment, computing the input downmixing gains to be applied to the
input audio signal to generate the primary downmix channel comprises: determining, with the
at least one processor, a correlation between the primary audio signal and the side channels of
the input audio signal; and selecting, with the at feast one processor, an input downmixing gain
computation scheme based on the correlation.

[0015] In an embodiment, the computation of the input downmixing gains to be applied
to the input audio signal to generate the primary downmix channel, further comprises: at the
encoder determining, with the at least one encoder processor, a set of passive prediction gains
based on a passive downmix coding scheme; comparing, with the at least one encoder
processor, the set of passive prediction gains against a first threshold value; determining, with
the at least one encoder processor, if the set of passive prediction gains are less than or equal
to the first threshold value, and if so, computing the first set of input downmixing gains;
generating, with the at least one encoder processor, a first set of prediction gains based on the
input audio signal and the input downmixing gains; determining, with the at feast one encoder
processor, if the first set of prediction gains are higher than a second threshold value and if so,
computing a second set of input downmixing gains; generating, with the at least one encoder
processor, a second set of prediction gains based on the input audio signal and the input
downmixing gains, determining, with the at least one encoder processor, the residual channels
from the side channels in the input audio signal by using the primary downmix channel and the
second set of prediction gains; determining, with the at least one encoder processor, the
decorrelation gains based on the residual channel energy that is not being transmitted to the
decoder; determining, with the at least one encoder processor, the downmix scaling gains to
scale the primary downmix channel, the second set of prediction gains and the decorrelation
gains, such that the prediction gains or the decorrelation gains or both are in the specified
quantization range; encoding, with the at least one encoder processor, the primary downmix
channel, the zero or more residual channels and the side information including the scaled
prediction gaivs and the scaled decorrelation gains into the bitstream; sending, with the at least
one encoder processor, the bitstream to the decoder; at the decoder: decoding, with the at feast
one decoder processor, the primary downmix channel, the zero or more residual channels and
the side information including the scaled prediction gains and the scaled decorrelation gains;
determining, with the at least one decoder processor, the upmix scaling gains as a function of
the prediction gains and the decorrelation gains; generating, with the at least one decoder
processor, the decorrelated signals that are decorrelated with respect to the primary downmix

chanuel; and applying, with the at least one decoder processor, the upmix scaling gains to the

(%3]



WO 2022/120093 PCT/US2021/061671

combination of the primary downmix channel, the zero or more residual channels and the
decorrelated signals to reconstruct the representation of the input audio scene, such that the
overall energy of the input audio scene is preserved.

6016} In an embodiment, the first set of input downmix gains correspond to a passive
downmix coding scheme.

{0017] In an embodiment a first set of input downmixing gains correspond to an active
downmixing scheme wherein the first set of input downmixing gains to be applied to the input
audio signal to generate the primary downmix channel are computed as a function of a
normalized input covariance such that a numerator in the function is a first constant multiplied
by a covariance of the primary input audio channel and the side channels and a denominator in
the function is a maximum of a second constant multiplied by a variance of the primary input
audio channel and a sum of variances of the side channels.

j0018] In an embodiment, a second set of input downmixing gains correspond to an
active downmix coding scheme, wherein the primary downmix channel is obtained by applying
the second set of input downmixing gains to the primary input audic channel and the side
chanuels and then adding the chanuels together.

j0019} In an embodiment, the second set of input downmixing gains are coefficients of
a quadratic polynomial.

j6020] in an embodiment, the threshold against which the prediction gains are
compared i3 computed such that the prediction gains are in the specified quantization range.
{0021} In an embodiment, computing the input downmixing gains to be applied to the
input audio signal to generate the downmix channel comprises: computing a scaling factor to
scale the primary input audio signal; computing a covariance of the scaled primary input audio
signal; performing eigen analysis on the covariance of the scaled primary input audio signal;
choosing an eigen vector corresponding the largest eigen value as the input downmixing gains
such that the primary downmix channel is positively correlated with the primary input audic
channel; and computing the downmix scaling gains to scale the primary downix channel and
the side information such that the overall energy of the input audio scene is preserved.

[6022] In an embodiment, computing the input downmixing gains to be applied to the
input audio signal to generate the primary downmix channel, comprises: computing a scaling
factor to scale the primary input audio channel; computing the input downmixing gains based
on the scaled primary input audio channel by setting the input downmixing gains as a function

of the prediction gains of the scaled primary input audio channel; and computing the downmix
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scaling gains to scale the primary downmix channel and side information such that the overall
energy of the input audio scene is preserved.

{0023} In an embodiment, the scaling factor to scale the primary input audio channel is
a ratio of a variance of the primary input audio channel and a square root of a sum of variances
of the side channels.

{0024} In an embodiment, the computation of input downmixing gains to be applied to
the input audio sigoal to generate a primary downmix channel, further comprises: determining,
with the at least one encoder processor, the prediction gains based on a passive downmix coding
scheme; computing, with the at east one encoder processor, first downmix scaling gains to
scale the primary downmix channel and side information such that the overall energy of the
input audio scene is preserved in the reconstructed representation of input audio scene;
determining, with the at least one encoder processor, if the first downmix scaling gains are less
than or equal to a first threshold value and, as a result, computing a first set of input
downmixing gains, determining, with the at least one encoder processor, if the first downmix
scaling gains are higher than a second threshold value and, as a result, computing a second set
of input downmixing gains, and generating, with the at least one encoder processor, a second
set of prediction gains based on the input audio signal and the first or second input downmixing
gains; at the decoder: decoding, with the at least one decoder processor, the primary downmix
channel and the side information including the scaled second set of prediction gains and the
scaled decorrelation gains; determining, with the at least one decoder processor, the upmix
scaling gains as a function of the second set of prediction gains and the decorrelation gains;
generating, with the at least one decoder processor, the decorrelated signals that are
decorrelated with respect to the primary downmix channel; and applying, with the at least one
decoder processor, the upmix scaling gains to the combination of the primary downmix channel
and the decorrelated signals to reconstruct the representation of the input audio scene, such that
the overall energy of the input audio scene is preserved.

[6025] In an embodiment, the first set of input downmixing gains correspond to a
passive downmix coding scheme.

{06026} In an embodiment, the second set of input downmixing gains correspond to an
active downmix coding scheme, wherein the primary downmix channel is obtained by applying
the input downmixing gains to the primary input audio channel and the side channels and then
adding the channels together.

{6027] In an embodiment, a system comprising: one or more processors; and a non-

transitory computer-readable medium storing instructions that, upon execution by the one or

-
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more processors, cause the one or more processors to perform operations according fo any of
the methods described above.

{0028} In an embodiment, a non-transitory computer-readable medium storing
instructions that, upon execution by one or more processors, cause the one or more processors
to perform operations according to any of the methods described above.

{6029] Other implementations disclosed herein are directed to a system, apparatus and
computer-readable mediurn. The details of the disclosed implementations are set forth in the
accompanying drawings and the description below. Other features, objects and advantages are
apparent from the description, drawings and claims. Particular implementations disclosed
herein provide one or more of the following advantages. Active downmix strategies are
implemented at an IVAS decoder to improve the quality of decoded audio signals, such as the
four FoA channels. The disclosed active downmixing techniques can be used with a single or
multi-channel downmix channel configuration. The active downmix coding scheme compared
to the passive downmix scheme offers an additional scaling term for reconstructing the W
channel at the decoder, which can be exploited to ensure better estimation of parameters used
for reconstruction of the FoA channels (e.g,, spatial metadata).

10030} Additionally, potential improvements are disclosed for single and multiple
channel downmix cases. In an embodiment, the active downmix coding scheme is operated

adaptively, wherein one possible operation point is the passive downmix coding scheme.

DESCRIPTION OF BRAWINGS

{6031} 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 represenied by such element may not be
included in or combined with other elements in some implementations.

{6032} 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,
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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.

{6033} FIG. 1 illustrates use cases for an IVAS codec, according to an embodiment.
0034} FIG. 2 is a block diagram of a system for encoding and decoding IVAS
bitstreams, according to an embodiment.

{6035] Fi1G. 3 is a flow diagram of a process of encoding audio, according to an
embodiment.

{0036} FIGS. 4A and 4B is a flow diagram of a process of encoding and decoding
audio, according to an embodiment.

j0037] FIG. 5 1s a block diagram of a SPAR FOA decoder operating in one channel
downmix mode with adaptive downmix scheme, according to an embodiment.

{0038} FIG. 6 is a block diagram of a SPAR FOA encoder operating in one channel
downmix mode with adaptive downmix scheme, according o an embodiment.

{6039} FIG. 7 is a block diagram of an example device architecture, according to an
embodiment.

{6040} The same reference symbol used in various drawings indicates like elements.

DETAILED DESCRIPTION

10041} In the following detailed description, numerous specific details are set forth to
provide a thorough understanding of the varicus 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 ancther or with any combination of other features.

Nomenclature
j0042] 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
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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 feast 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 commounly

understood by one of ordinary skills in the art to which this disclosure belongs.

IVAS Use Case FExamples

0043} FIG. 1 illustrates use cases 100 for an IVAS codec 100, according to one or
more implementations. In some implementations, various devices comniunicate through call
server 102 that is configured to receive audio signals from, for example, a public switched
telephone network (PSTN) or a public land mobile network device (PLMN) illustrated by
PSTN/OTHER PLMN 104. Use cases 100 support legacy devices 106 that render and capture
audio in mono only, including but not limited to: devices that support enhanced voice services
(EVS), multi-rate wideband (AMR-WB) and adaptive multi-rate narrowband (AMR-NB). Use
cases 100 also support user equipment (UE) 108, 114 that captures and renders stereo audio
signals, or UE 110 that captures and binaurally renders mono signals into muitichannel signals.
Use cases 100 also support immerssive and stereo signals captured and rendered by video
conference room systems 116, 118, respectively. Use cases 100 also support stereo capture
and immersive rendering of stereo audio signals for home theatre systems 120, and computer
112 for mono capture and immersive rendering of audio signals for virtual reality (VR) gear

122 and immersive content ingest 124.
Fxample IVAS CODEC

[6044] FIG. 2 is ablock diagram of IVAS codec 200 for encoding and decoding [VAS
bitstreams, according to an embodiment. IVAS codec 200 includes an encoder and far end
decoder. The IVAS encoder includes spatial analysis and downmix unit 202, quantization and
entropy coding unit 203, core encoding unit 206 and mode/bitrate control unit 207. The IVAS
decoder includes quantization and entropy decoding unit 204, core decoding unit 208, spatial

synthesis/rendering unit 209 and decorrelator unit 211,



WO 2022/120093 PCT/US2021/061671

{0045] Spatial analysis and downmix unit 202 receives N-channel input audio signal
201 representing an audio scene. Input audio signal 201 includes but is not limited to: mono
signals, stereo signals, binaural signals, spatial audio signals {e.g., multi-channel spatial audio
objects), FoA, higher order Ambisonics (HoA) and any other audio data. The N-channel input
audio signal 201 is downmixed to a specified number of downmix channels (N_drnx) by spatial
analysis and downmix unit 202, In this example, N dmx is <= N. Spatial analysis and
downmix unit 202 also generates side information {(e.g., spatial metadata) that can be used by
a far end IVAS decoder to synthesize the N-channel input audio signal 201 from the N dmx
downmix channels, spatial metadata and decorrelation signals generated at the decoder. In
some embodiments, spatial analysis and downmix unit 202 implements complex advanced
coupling {(CACPL) for analyzing/downmixing stereo/FoA audio signals and/or SPAtial
reconstruction {SPAR) for analyzing/downmixing FoA audio signals. In other embodiments,
spatial analysis and downmix unit 202 implements other formats.

j0046] The N_dmx channels are coded by N_dmx instances of mono or one or more
multi-channel core codecs included in core encoding unit 206 (e.g., an EVS core encoding unit)
and the side information {(e.g., spatial metadata (MD)) is quantized and coded by quantization
and entropy coding unit 203. The coded bits are then packed together into bitstream(s) (e.g.,
IVAS bitstream{s}) and sent to the IVAS decoder. Although in this example embodiment and
embodiments that foliow an EVS codec may be described, any mono, stereo or multichannel
codec can be used as a core codec in IVAS codec 200.

{0047} In some embodiments, quantization can include several levels of increasingly
coarse quantization {e.g., fine, moderate, coarse and extra coarse quantization), and entropy
coding can include Huffman or Arithmetic coding.

{00438} In some embodiments, core encoding unit 206 complies with 3GPP TS 26.445
and provides a wide range of functionalities, such as enhanced quality and coding efficiency
for narrowband (EVS-NB) and wideband (EVS-WB) speech services, enhanced quality using
super-wideband (EVS-SWB) speech, enhanced quality for mixed content and music in
conversational applications, robustness to packet loss and delay jitter and backward
compatibility to the AMR-WB codec.

j0049] In some embodiments, core encoding unit 206 includes a pre-processing and
mode/bitrate control unit 207 that selects between a speech coder for encoding speech signals
and a perceptual coder for encoding audio signals at a specified bitrate based on output of
mode/bitrate control unit 207. In some embodiments, the speech encoder is an improved

variant of algebraic code-excited linear prediction (ACELP), extended with specialized linear
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prediction (LP)-based modes for different speech classes. In some embodiments, the
perceptual encoder is a modified discrete cosine transform (MDCT) encoder with increased
efficiency at low delay/low bitrates and is designed to perform seamless and reliable switching
between the speech and audio encoders,

{0050} At the decoder, the N_dmx channels are decoded by corresponding N_dmx
instances of mono codecs included in core decoding unit 208 and the side information is
decoded by quantization and entropy decoding unit 204, A primary downmix channel (e.g. the
W channel in an FoA signal format) is fed to decorrelator unit 211 which generates N-N_dmx
decorrelated channels. The N_dmx downmix channels, N-N_dmx decorrelated channels and
side information are fed to spatial synthesis/rendering unit 209 which uses these inputs to
synthesize or regenerate the original N-channel input audio signal. In an embodiment, N_dmx
channels are decoded by mono codecs other than EVS mono codecs. In other embodiments,
N_dmx channels are decoded by a combination of one or more multi-channel core coding units

and one or more single channel core coding units.

IVAS Coding With Active Downimix Strategies

1.0 Introduction

{6051} The disclosure below describes active downmix strategies to improve the
quality of the decoded FoA channels. The proposed active downmixing techniques can be used
with a single or muilti-channel downmix channel configuration. The active downmix coding
scheme compared to the passive downmix scheme offers an additional scaling term for
reconstructing the W channel at the decoder, which can be exploited to ensure better estimation
of parameters used for reconstruction of the FoA channels (e.g, spatial metadata).

0052} In addition, an active downmix coding scheme is explored and potential
improvements proposed for single and multiple channel downmix cases. In an embodiment,
the active downmix scheme can perform adaptively, where one possible operation point is the

passive downmix coding scheme.
2.6 Terminology and Problem Statement

2.1. Example Implementation of Passive Downmixing with SPAR with FoA Inpui
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{6053} The SPAR encoder, when operating with FoA input, converts an FoA input
audio signal representing an audio scene into a set of downmix channels and spatial parameters
used to regenerate the input signal at the SPAR decoder. The downmix signals can vary from
1 to 4 channels and the parameters include prediction parameters P, cross-prediction parameters
C, and decorrelation parameters Pg. These parameters are calculated from an input covariance
matrix of a windowed input audio signal in a specified number of frequency bands (e.g., 12
frequency bands}.

[0054] An example representation of SPAR parameters extraction is as follows:
[0055] I. Predict all side signals (7, Z, X) from the primary audio signal W using

Equation [1]:

W 1 0 0 olrw
vl _1-prvy 1 0 0OllY
Z\ Tz 0 1 ollZ
X' ~Prx 0 0 1itX

(1]
where, as an example, the prediction coefficient for the predicted channel Y' is calculated as

shown in Equation [2]:

ro = Ryw 1
Py = S (Rww.€) max (1,n0rmseqie*y IRyy |2 +|Rzz 12 +Rx x2)
[2]
{0056} Here, normg.q. 18 the normalization scaling factor and is a constant between O

and 1, and Ryw = cov (¥, W) are elements of the input covariance matrix corresponding to
channels Y and . Similarly, the Z'and X' residual channels have corresponding parameters
prz and prx. P is the vector of the prediction parameters P= [pry, prz, pry ]’ also referred to as
[P1, P2, P3]7, in some embodiments. The above mentioned downmixing is also referred to as
passive W downmixing in which W either does not get changed at all or simply delayed during
the downmix process.

{0057} 2. Remix the ¥ channel and predicted (Y', Z', X'} channels from most to least
acoustically relevant, where remixing includes reordering or recombining channels based on

some methodology, as shown in Equation [4]:

W ‘ 174
A :{ remix } Y
BI ZI -
Ci Xi

14]
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{0058] 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.

{0059} 3. Calculate the covariance of the 4-channel post-prediction and remixing
downmix as shown in Equations [5] and [6]:

R, = [remix][predict].R. [predict]"[remix}¥,

(5]
R ww R wd R Wu
Ryr = |Raw Raa Raul,
RuW Ruci Ruu
(6]

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).

{0060} For the example of a WABC downmix ith 1-4 downmix channels, d and #
represent the following channels, where the placeholder variables 4, B, C can be any

combination of X, ¥, Z channels in FoA):

N | Residual Channels Predicted Channels
1 |- A, B, ('

2 | A B, ('

3 | 4LB [

4 | A, B, C -

[6061] 4. From these calculations, determine if it is possible to cross-predict any
remaining portion of the fully parametric channels from the residual channels being sent. The
required extra  coefficients are:
C = Ryq(Ryg + Imax(e, tr(Ryy) = 0.005))™ 1.

{7]

{6062} Therefore, C has the shape (1x2) for a 3-channel downmix, and (2x1) for a 2-
channel downmix. One implementation of spatial noise filling does not require these C
parameters and these parameters can be set to 0. An alternate implementation of spatial noise

filling may also include C parameters.

14
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{06063} 5. Calculate the remaining energy in parameterized channels that must be filled
by decorrelators. The residual energy in the upmix channels Resyq is the difference between
the actual energy Ry (post-prediction) and the regenerated cross-prediction energy Regu:

Regy, = CRddCH>

(8]
Res,,, = Ry — Reguy,
(9]
Resuu
NResus= max(a,wa‘scalem-(lReslml))"
[10]

f :
P, = diag(\j]max (G, real(diag{NResim)))),

fii]

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). The parameters
in Py in Equation [ 11] dictate how much decorrelated components of ¥ are used to recreate 4,
B and C channels, before un-prediction and un-mixing.
8064} With 1 channel passive downmix configuration, only W channel, P {(p1, p2, p3)
parameters and Pq (d1, dz, d3) parameters are coded and sent to decoder.
[0065] In the passive downmix coding scheme, the side channels Y, X, Z are predicted
at the decoder from the transmitted downmix W using three prediction parameters P. The
missing energy in the side channels is filled up by adding scaled versions of the decorrelated
downmix D{W) using the decorrelation parameters Pq.  For passive downmixing,
reconstruction of FoA input is done as follows:

Upas = pW +P;D(W),
[12]
where p=[1 p; Pz ps] and Py = [0 dy d, ds]", and D(W) describes the
decorrelator outputs with W channel as input to decosrelator block. Note that assuming perfect
decorrelators and no quantization of prediction and decorrelator parameters, this scheme
achieves perfect reconstruction in terms of the input covariance matrix.
[0066] Passive downmixing often fails to reconstruct the input scene at decoder output
with a lower downmix channel configuration due to imperfect decorrelators and a limited

quantization range available for the prediction parameters and decorrelator parameters. Hence,
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the active downmixing scheme is desired to reduce the overall prediction error by generating

better prediction coefficient estimates that are within a desired quantization range.

2.2 Existing Active Downmix Coding Scheme

{0067} An existing solution to do active downmixing is described in Appendix A under
heading 1. Active Predictor used in IVAS and 2. A solution based on rule 3B. This solution
aims at generating a representation of dominant eigen signal by scaling and adding W, X, Y, Z

input channels. The prediction matrix or downmix matrix is given by Equation (&) in Appendix

A as:
dmXgsxe) = ( 1A fgﬁ; AA*>
: —gl I3 — g fil
[13]
10068] The downmix channels W’ are computed as:
W = dmx X U,
[14] where U is input FoA signal given as

U={wW X v zJ,
[15]
gl are the prediction parameters [pi, pz, p3} that are coded and sent to the decoder, g =
Vm { is unit vector, f is a constant (e.g., 0.5) known to both the encoder and
decoder. For a single channel downmix, the W = W + fp1 X + fp2 Y + £p3Z channel is coded
and sent to the decoder along with prediction parameters and decorrelation d parameters.

The decoder applies an upmix matrix to W’ given as:

(1-fg?) —gfﬁ*‘)A

UMX[4y4] = ( 50 1,

L16]

where d are the decorrelation parameters (d1, dz, d3), and the reconstructed FoA signal is given
as:
U'= umx X |{W' DLW DZ(W) D2 "’HT,
[17]
where DI{(W’), D2(W’) and D3(W’) are three cutputs of decorrelator block.

16
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{6069} This solution in general provides better estimates of prediction parameters over
a passive downmix scheme, brings the prediction parameters within a desired quantization
range and reduces the overall prediction error. However, the solution relies on decorrelator
outputs to reconstruct the W channel from the downmix W’ and thus can lead to audio artifacts.
Also, given that the input downmixing gains (fgfi) are directly proportional to prediction
parameters, it has been observed that this solution provides higher estimates of prediction

parameters than desired and can result in spatial distortion in reconstructed FoA output.

2.3 Example Embodiments of Proposed Adaptive Downmix Coding Schemes
2.3.1 Adaptive Downmix Coding Scheme

0070} The goal of the adaptive downmix strategies (herein also referred to as adaptive
active downmix strategies) described below is to provide beiter estimation of prediction
parameters p by computing the input downmixing gains (herein also referred to as active
downmixing coefficients) fgll* given in [13] by various methods.
{6071} In some embodiments, the input downmixing gains are computed such that the
total square prediction error s minimized, wherein the prediction waveform error is given as:
E=pW -,
(18]
and the mean squared prediction errors (prediction error per signal) (4x1) are given by:
E, = diag(EE"),
(191
where the total square prediction error is given by:
Eior = EpET 5
{20}
where p is the inverse prediction matrix.
{6072} In some embodiments, the input downmixing gains are computed such that the
post prediction covariance given by T in Equation (10} in Appendix A is minimized.
{6073} In some embodiments, the input downmixing gains are computed such that the

prediction parameters are in a desired quantization range.
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{6074} It has been observed that for low downmix channel configurations, the audio
quality with SPAR coding is better with the disclosed active downmix coding scheme than
with the current passive downmix coding scheme. For some audio content, however, the
quality is better with the passive downmix scheme, suggesting an adaptive operation of the
active downmix coding scheme.

{6075 Based on the above described observations an adapfive downmix scheme is
disclosed below that computes input downmixing gains depending on signal properties. This
signal dependent computation of input downmixing gains can be incorporated per processed

frequency band and audio frame or for all frequency bands per audio frame.
2.3.4.1 Selecting Input Downmix Gains Based on Minimum Error

10076} In an embodiment, the selection of factor “f” in input downmixing gains fgii”
given in [13] can be derived from calculating the total prediction error (Equation [20]) for each
possible f and selecting the one with the smallest total prediction error. Note that once the
input covariance R is available the total prediction error can be computed efficiently in the

covariance domain.
2.3.1.2 Adaptive Downmix Scheme Based on Voice Activity

10077} it has been observed that for voice signals a high value of f can hurt the
performance of spatial comfort noise during data transmission. Background noise in speech
signals is generally diffused and an aggressive active W scheme can result in the W downmix
channel taking more energy from the residual X, Y and Z channels than desired. In full
parametric coding, the comfort noise solution decoder generates 4 uncorrelated comfort noise
channels with the same spectral shape as the active W downmix channel. These uncorrelated
channels are then shaped using SPAR parameters. Given the extremely low bitrate, coarse
quantization of SPAR parameters and fully parametric reconstruction during discontinuous
transmission mode (DTX) frames, where for the current parametric reconstruction the
additional energy in active W channel is never removed and the output W channel is spatially
collapsed, high energy comfort noise.

{0078] It is also desired that the reconstructed background noise at the decoder sound
continuous during voice activity detection (VAD) active frames and VAD inactive frames. In
an embodiment, a passive downmix scheme during VAD inactive frames and active scheme

during VAD active frames can hurt the overall performance of the IVAS codec. With
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subjective evaluations, however, it was observed that a reduced value of f {e.g., 0.25) works
well in general for inactive frames while a high value of f {e.g., 0.5) works well for active
frames. This conditional application of f also helps with keeping the transition between active
and inactive frames smooth.

[6079] In an embodiment, SPAR in an active W configuration dynamically chooses
different values of f based on the VAD decision, where the VAD takes as input the FoA signal.
A high value of f can be chosen when VAD is active, while a low value of f can be chosen

when VAD is inactive.

2.3.1.3 Adaptive Downmix Coding Scheme Based On Desired Range of Prediction
Parameters
{6080} The following embodiments of adaptive downmix strategies are described in

reference to Appendix A (Analysis of ActiveW Method). References to equations in Appendix
A are placed within in parentheses to distinguish from equations not in Appendix A, which are

placed between brackets.

First Variant of IVAS method (based on Rule 3B in Appendix A)

{6081} In an embodiment, if f =0, the decoding reverts to the passive downmix scheme
described above, resulting in the problematic issue that the prediction parameters “g” may be
unbounded. By setting f'to a larger value (e.g., = 0.5), the range of the positive real value “g”

in Equation (17) in Appendix A can be constrained to g € [0, —%} There is some evidence that

stability of the active downmix strategy can be improved by keeping f smail, and only using a
larger value of f when it is necessary to prevent g from becoming too large.

[6082] In an embodiment, a potential variant of the active downmix strategy is to set f
= 0 whenever possible, as long as this keeps g < g', where in g’ is the desired range for
prediction parameters, otherwise choose f so that g =g’. If this leads to an excessively large
value of g (if g> g'), set g =g’ in Equation (17) in Appendix A, and then solve a quadratic
equation Q(f) = (Bg')f? + (2ag™? — Bg)f + wg' — atofindf, by setting ¢ = g’ and solving
for f:

(B-2ag)+ [(2a2g’” + §2-apg"w)

B 2pg

I
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{6083} To ensure that the quadratic equation always has at least one real solution, and

. . . i ., -
that the largest real solution lies in therange f € [0,;;}, it is noted that:

Q(-;%) =wg' +a >0,
[22]
where a > 0, > 0 and g’ = 0, Q(0) = wg' — « < 0 because :)5;-;> 1, and where there is a
positive-going zero crossing in the range f € [D);%}.
{6084} Some example values for g’ can be 1.0 (f{0to 1]), 1.414 (f[0 to 0.5]), and 2
(f[0t0 0.25]). The above observations can be summarized as shown in Equations [23] and

[24]:

o< of f=0
J o4

fasgw 3, <

[23]

g=¢g
otherwise f (B-2ag")+ \i!'('wzg'z +pe-apgw)
B 2pg"” '

[24]

[0085] Note that Equations [23] and [24] above violate Rule 1 in Appendix A (keeping

f constant), and may therefore require additional metadata to be signaled to the decoder.
Sending of additional metadata to indicate value “f” can be avoided by using the scaling method

described in section 2.3.1 4.

Second Variant of IVAS method (based ou Rule 3B in Appendix A}

{6086} It is observed that a small value of f is desired when g is small, and a larger
value of f may give better results when g is large. There may be some linear relationship
between f and g that can be exploited to give optimum results in all cases. For example, if

f=kg, where k is constant is < 1.0 (typically, 0.5},

fun(g) : Bk“g® + 2akg® — Bkg? + wg — «,
[25]

and this function is well behaved when

20
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fun(0) = —o, fun(0) <0,
[26]

fun(k‘lﬁ) = o+ wg fun(k’l/g) > 0.
[27}

Accordingly there is at least one root between 0 and k~%/3

. The denivative of this function is:
fun'(g): 5Bk*g* + 6akg? — 2Bkg! + w,
[28]

fun’((5k/2)75) : 6okg? + w2 0.
[29]
{0087} The derivative of this polynomial is monctonically increasing after g =

g
(5k/ 2)—: If fun ((51«:/2)%) < 0 then there is only one root between (51{;’2)—‘é and (1{)%,
which is the largest root which makes it easier for Newton Raphson, or other suitable solver,
to converge to the desired root if the initial condition is set appropriately. If fun({5k/ 2)%) >
0 then the largest root is between g = 0 and g = (5k/ Z)‘%, and in such cases there can be

multiple roots between g =0 and g = (5k/ Z)_é In an embodiment, to find the largest root

1 1
Newton Raphson can be initialized with g = (k) = or g = (5k/2) 75, and the number of
iterations can be increased, and the learning rate tuned, such that divergence is avoided and the

Newton Raphson method slowly converges to the largest root. Note that withk =
1

0.5, g will be between 0 to 1.26 and (5k/2) 73 = 0.9283. Sending of additional metadata to

indicate value “f” can be avoided by using the scaling method described in section 2.3.1.4.

2.3.1.4 Active Downmix Coding with Scaling

Variant of IVAS method (based on Rule 3B in Appendix A)

{0088] The original inverse prediction matrix of Equation (8) in Appendix A is given

as’

. Fey2 - Ak
InvPredpg = (Cl fg ) gl )
’ gl I3
[30]
{0089} With this inverse prediction matrix, the primary channel W can be reconstructed
from W, Y’, X’ and Z°, where W’, Y’ X’ and 7’ are the downmix channels after prediction.

But in the case of parameiric reconstruction there are only Namx downmix channels, where Namx
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is less than 4. In that case, the missing downmix channel is parametrically reconstructed using
banded energy estimates of the downmixed channel and a decorrelated W’ signal. With
parametric reconstruction the inverse prediction matrix given in [30] may not be able to
reconstruct W from W’ and may corrupt W further.

{6099} In an embodiment, a method to solve this problem is illustrated below for a 1-
channel downmix.

{6091} A new inverse prediction matrix is given as follows:

_ {(1-fg%) o
InvPredpyy = ( ot 1)

(31}

where g’ is g/r where r is a scaling factor applied to W’, such that the W channel output of
inverse prediction is energy matched with W channel input fo the prediction matrix, f;, is a
constant.

{6092} In an embodiment, the value of “f;” in the inverse prediction matrix given by
Equation [31] is a constant value that is independent of the value of factor “f” used at the

encoder while computing input downmixing gains. In this embodiment, the input downmixing

gains can be computed without sending any additional metadata to decoder.

{6093} A new prediction matrix is given as follows:
T frgl”
Predissa; = (\—gﬁ I — g fﬁﬁ*)
[32]
[0094] The post prediction matrix and post inverse prediction matrix (also referred to

as output covariance matrix) can be computed as:

postpred.,y = Pred = inggy, * Pred’,
[33]

where “Pred” is the prediction matrix given in Equation [32] and incev is the covariance matrix

of input channels. The output covariance matrix is given by:

Out,.oy = InvPred = postpred,,, * InvPred’,
[34]

where “InvPred” is the inverse prediction matrix given in Equation [31].

{6095} Let w = ing.w(1,1) (e the wvariance of input W channel}) m =

postpred ,,{1, 1) (i.e. the variance of post-predicted W channel} when r = 1.
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{0096] Substituting “Pred” from Equation [32] and “InvPred” from Equation [31] into
Equation {33} and Equation [34] gives:

2

OUteey(1, 1) = mr? (\1 — £, (-?)2\} .

/s

[35]
{6097} To match the variance outy., (1,1) = w,
g2\’
;— ap2 |-
W= mr (l—fs(-;) ) ,
[36]

which can be solved for r to give:

_ EwtyBw +4fse?
= e
{37]
fw
where g, = \ji;}- and g are computed by solving Equation (17} in Appendix A or any other

method mentioned in various embodiments,
{6098} Post prediction, the downmix channels X°, Y’ and 77 indicate the residual

channels containing the signal that cannot be predicted from W’. In a parametric upmix case,
one or more residual channels may not be sent to the decoder; rather, a representation of their
energy levels (also referred to as Pd or decorrelation parameters) are coded and sent to decoder.
The decoder parametrically regenerates the missing residual channels using W, decorrelator

biock and Pd parameters.

10099} The Pd parameters can be computed as follows:
T - Resuu
NResuu= max{e, RWW scalestr{|Resuu)}’
{38}
! N
Pd = diag(\ijmax (0, reai(diag(NResuu))}),
(391

where the “scale” parameter is a normalization scale factor. In an embodiment, 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), RWW = mr? = postpred.y,(1, 1) as per Equation [33] and Resuu is the
covariance matrix of residual channels which are to be parametrically upmixed at the decoder.
For a l-channel downmix Resuu is a 3x3 covariance matrix given by Resuu =

postpred ., (2:4,2: 4).
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{60100} In some implementations, the downmix scale factor ‘r’ can be a function of both
prediction parameters and decorrelation parameters, where decorrelation parameters for one
channel downmix are defined in Equation [39]. For a 1-channel downmix with improved
scaling, the inverse prediction matrix becomes:

(1—-fg*—£'d% 0

InvPredp.) = (!\ 6 o ! )
gu Iy

(401
[60101] Here, f, and f.” are constants for, e.g., f.={,"=0.5, d¢'=d/r and g'=g/r, where r =

f(g, d), d=sqri(sum{diag(Pd})) and Pd is computed as per Equation [39].

{00102} Solving for r using Equations [33] and [34],

J—
Swt \i g2 +afog?+afs 42

r= > ,

[41]
where gy, = \j"r; and g is computed by solving Equation (17) in Appendix A or any other

method mentioned in various embodiments. Pd’ = Diag(Pd/r) and g'li are quantized and sent
to decoder and scaling ensures that the unquantized and scaled decorrelation and prediction
parameters are within the desired range.

{60103} The final decoded/upmixed output is given as:

W Y7 X7 71" = Upmix+ [W DI(W) D2(W) D3WH],

f42]
where,
, Xlixa)  ¥2q1x3)
UpmiXis) = (X3{3x1] X4[3x3])’
[43]

where Xl[lxl} = (1 - fg"z - f’d’zj, XZ{1X3] =0, XS[SXQ = g’a, and X4[3X3] = diag(?d’),

W’ is the post predicted and scaled downmix channel, DI{W’}, D2(W’} and D3(W’) are
decorrelated outputs of W and W7 Y, X7, 277 are decoded FoA channels.

2.3.1.5 Passive Downmix Coding With Scaling

24
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{60104} In the passive downmix method there is the problematic issue that ‘g’ e.g. the
vector of prediction parameters may be unbounded. This results in spatial distortions with
parametric upmix configurations. At low bitrates, the number of downmix channels can be
less than 4 and the remaining channels are parametrically upmixed at the decoder. Upon
quantization ‘g’ gets bounded which leads to imperfect prediction estimates and the upmix
relies on more decorrelator energy to parametrically regenerate the Y, X or Z channels. The
problem is addressed by a modified passive scheme described below that applies dynamic
scaling to the W channel during the downmix process. The scaling is calculated such that *¢’
never goes out of bound, and during the parametric upmix more energy is derived from the
available representation of W channel instead of the decorrelated signals.

{60105} Below is an example implementation of a scaled passive downmix coding

scheme with 1-channel downmix.

{60106} FoA input is given by U= [W X Y Z]T. The input signal (4 x 4)
covariance matrix: R = UUT. In default passive scheme prediction parameters are computed
e
asp = WL«IJT_ ,wherep= [1 py p2 })3]T. The downmix prediction matrix is given as:
1 o
Predpsey = (—gﬁ 13)ﬁ
[44]

Ty YTy N N . . s
where g = +/p? + p2 + p%, and g0 = {py, P2, Psl’, prediction parameters transmitted to
decoder are gquantized py, Po. pa. The inverse prediction upmix in passive coding scheme is

given as:

InvPredpy,, = ( EO).
3

g
[45]
[60107] With scaling, downmix prediction matrix is changed to:
r 0
Pred{/i,x/ﬂ = (_gla Eg)’
[46]
where g’ = -;% and r is the scaling factor, and the inverse prediction upmix matrix is changed
to:
W f i2
InvPredpy = ((1 ,fig ) 0)_
’ gu B

[47]
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where f; is a constant {e.g., 0.5).
{00108] Putting these values in Equations [33] and [34] and equating out o (1, 1) =W,

gives:

(48]

where solving for r gives:

T
_ Bwtygw?t+afsg?
p4

r , whereg,, = 1.

[49]

{60109} With scaled passive downmix scheme, prediction parameters transmitted to
decoder are quantized pl/r, p2/r, p3/r. Since scaling factor ‘r’ is a function of prediction
parameters, it boosts the energy in W enough to makes sure that prediction parameters are
within the desired range. Scaling factor ‘r” may be banded or a broadband value.

{60110} In some implementations, scaling factor ‘1’ can be a function of both prediction
parameters and decorrelation parameters as shown in Equation [41]. For passive downmix this

scaling factor comes to be:

—
gw+\jgw-2 +4fgg2 +4fLd?

r= - , where g,, = 1.
[50]
2.3.1.6 Adaptive Downmix Coding With Scaling
j00111} It is observed that scaled active W downmix coding method works best in

conditions when there is high correlation between the W and X, Y, Z channels while the scaled
passive W downmix coding method works best when the correlation is low. Hence, in some
implementations, a more robust solution can be derived by appropriately switching between
scaled passive and active W coding schemes.

j00112} in an embodiment, the active W downmix coding method can either be based
on the solutions described in section 2.3.1.2, or as per the active W downmix coding method
described in Appendix A. The scaling of the active W downmix coding method be performed
in accordance with the solution described in section 2.3.1.4, and the scaling of passive W
downmix coding method can be performed in accordance with the solution described in section

2315 An example implementation of adaptive downmix with scaling is described below.
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{60113} FoA input is given by U= [W X Y Z]T, The input signal (4 x 4)

covariance matrix: R = UUT. Compute a passive prediction coefficient factor Goreq, Where
[T

Zpred = /Py T p; +p%

where p1, p2 and ps area calculated as follows:

T

WU T
p= wwT "Nherep = [1 Pr P2 P%] .
[51]
[00114] I Epred = thresh, then compute active W prediction parameters g'fl, scaling

factor ‘r’, prediction matrix, inverse prediction matrix, downmix and upmix matrices as per
Equations [31] to Equation [41] in section 2.3.1 .4,

{00115] If 8prea < thresh, then compute passive W prediction parameters g'G,
scaling factor ‘v, prediction matrix, inverse prediction matrix, downmix and upmix matrices
as per Equations [44] to Equation [50] in section 2.3.1.5.

{00116} Since, the inverse prediction matrix on the decoder side is same for scaled
passive and active W downmix coding methods as given in Equation [31] and Equation [47],
no additional side information is required to signal whether the downmix is coded with scaled
active or passive W downmix coding methods. Another approach is based on a maximum scale

factor r, as described in section 2.3.1.7.

2.3.1.7 Seftly Switching Between Scaled Passive and Active Downmix

100117} In this embodiment, a scaled version of the W signal (e.g., no contributions
from Y, X, Z signals) is used as the downmix in the active downmix coding method as long as
the required scaling factor r does not exceed an upper limit. The adaptive scaling pushes
prediction and decorrelator parameters into a good range for quantization, and not mixing Y,
X, Z signal contributions into the downmix can avoid artifacts for some types of signals. On
the other hand, large variations of the downmix scale factor r can lead to artifacts as well.
Therefore, if the maximum scale factor per frequency band exceeds an upper limit (e.g.,
typically 2.5), then the example iterative process described below can be used to determine
downmix coefficients with contributions from Y, X, Z signals, such that the scaling factor r is
within the maximum limit. Compared to the original active W algorithim, the additional scale
factor r allows for optimal prediction coefficients.

j00118] The example iterative process referenced above is described as follows:
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1. define downmix coefficients: A= [1 0 ¢ 0],

_ . wuT
2. compute prediction parameters using p = Frr S
3. compute decorrelator parameters using d = SQFE(W\ZT 3, Ep computed as per Equation

[191,
4. compute downmix scale factor using r=r1 from Equation [49],
5. scale prediction and decorrelator parameters by 1/1, scale downmix as W’ = r*W
6. define unitvector U = [P1 P2 Ps]/vm,
7. define unit vector scaling h = 0.1 and maximum scaling factor r max = 2.5,
8. while{r>r max && h<=05)
a. define downmix coefficients A = [1 hU],

b. Compute primary downmix channel M without scaling,

- ) . MUt
¢. compute prediction parameters using p = —
d ¢ decorrel s using d = sqri(os
. compute decorrelator parameters using d = Sqri(MMT )}

e. compute downmix scale factor using r=r; from Equation [37],
£ scale prediction and decorrelator parameters by 1/r, scale downmix as W™ =1¥M
and

g. increment unit vector scaling: h=h+ 0.1

2.3.1.8 Active Downmix Coding Scheme Based on Eigensignal

j00119] For this embodiment, the terminology is defined as follows: the input signal to
encoder = [W X Y Z]" , the encoder signal to be passed on to the EVS encoder = [W’ X Y’
7’1" (some channels may be discarded prior to EVS encoding), the EVS decoder output prior
to the prediction set in the decoder = [W” X7 Y” 2”17 (if the encoder discarded some channels,
then only a subset of this vector will exist) and the output from decoder = [Wout Xout Your Zout] '
[60120] If we assume that the IVAS “core coder” works by discarding channels X, Y’,
7’ and EVS coding the W’ channel, then:
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tW”\ /DeCEVS(EnCEVS (V\!ﬂ))\

XII _ 0
Y 0
YA 0
(52}
j00121} If there is complete freedom over the parameters used in the decoder for

generating the output signals from W, then, in an embodiment, a least-squares optimal solution
is found by implementing a Kanade-Lucas-Tomasi (KLT)-type E1 coder. In an alternative
embodiment, the goal of the active W prediction system is stated as: add some constraints to
the KLT method to reduce the discontinuity problems that often arise and keep the constraints
to a minimum to come as ciose as possible to the optimal performance that is achieved by the
KLT method.

[60122] The prediction methods (both passive and active} are generally based on the
notion that the downmix signal (W’) should have a reasonably large positive correlation to the
original W signal. A potential method for achieving this is to apply the KLT method to a
boosted-W channel set (e.g., a set of 4 channels where the W channel has been amplified by a
scale factor h), referred to hereinafter as the “boosted-KLT” method. Let the vector T

represent this boosted-W signal:

[60123]
hw
X
T=
Y
7z
[53]
and let Q be the largest eigenvector of T X T™:
Go
4 G : . 2
Q= 4 where: ¥;qf = 1,
\Ys3

[54]

where the eigenvector is chosen so that gy € R and qq >= 0 (thus ensuring that our downmix
signal will be positively correlated with W, if possible).

{60124} Note that the fact that the need to choose an eigenvector from a set of candidates
stems from the fact that, if Q is an eigenvector, then so too is AQ, where A is any unity-
magnitude complex scale-factor, and the choice is made by choosing a value for A that makes

qo a non-negative real quantity. The act of choosing A can be a source of discontinuity in the
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behaviour of the codec, and this erratic behavior can be avoided by ensuring that qg i3 not close
to zero, and making the boost-factor, b, large, so that the boosted hW signal is large enough to
form a significant component of the E1 signal.
[00125] E1 is formed as:

E1l= QX T =hqoW + q, X+ q,Y + qsZ.
[55]
{60126} In the decoder, the leasi-squares best estimate of T is reconstructed using the

eigenvector (§ and the output can then be formed by undoing the boost-gain h:

T =QxEl
Wout = 0 0 0)
and 50 i(,m’t =10 1 0 0ixQxE1
out ¢ 0 1 0
Zout g 0 0 1
1
740
=] % |xE1
[56]
[60127] However, Equation [56] can be implemented by using the transmitted

prediction pararmeters (pq, pp and ps) and the constant f, by applying a scale-factor, r, to E1

{this scale factor will be applied in the encoder):

‘\’A"Taut‘ 1- fs(p% + p% + p%)
e P1 X E1xrt
Yout P2 o )
Zout \ P3
{57]
[60128] The desired “boosted-KLT” behavior of Equation [56] can be achieved by the
method of Equation [57] if r is chosen according to:
q0+\f4-fsh'~"’(1—q§)+qé
r= ;
2h
[58]
and then compute:
9 % 93
P1 :“f',Pz =-r-7-émdp3 =1
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{60129} The embodiment described above is summarized as follows.

Encode Step 1:

{00130} Given the Covariance of the input signals Covy, use the daigonal terms (W2,
X2, Y% and Z2) to determine h = Jﬁ%ﬂ (but limiting h to the range 1 < h < 10).

Encode Step 2:
{80131} Form the covariance of the boosted-W signal: Covy = diagfh, 1,1,1] X Covy X
diaglh, 1,1,1].

Encode Step 3;
[00132] Determine the dominant eigenvector: Q = [qg, 44, q2, 3", such that g5 € R
and qg = 0.

Encode Step 4.

_ 1 ‘ qo+ | 4fsh(1-q5)+aj

j00133] Assuming f =, compute r = — , and hence compute the
decoder prediction parameters: p; = % py = -qr—z, Py = %

Encode Step 5
{60134} From the downmix signal W = r(hqoW + q: X + ¢, Y + q32).
Encode Step 6
[00135] Determine the decorrelation gain coefticients dy, d, and d; as per Equation
(391

Decode:
{60136} Given the EVS output W”, assuming f; = % and given the metadata {p;:i =

1..3}, compute the output signals:
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Woue = W'(1 — f5(pf + p3 + p3)),

S

[59]
Xout = p1W" + dy Dy (W),
Your = p2W" + dy D, (W)
Zowe = p3W" + d3D3(W").
2319 Sealed Active Downmix Coding Scheme Based on Pre-scaling of W
Channel
j00137} While creating a representation of the dominant eigen signal with active

prediction (i.e,, mixing components from X, Y and Z into W), one of the challenges is to get a
smooth/continuous representation of the dominant eigen signal across the frequency spectrum
and across frame boundaries in the time domain. While the previcusly described active
prediction approaches try to solve this problem, there are still some cases where the amount of
rotation {or mixing) from X, Y and Z channel into W is either too aggressive, which causes
discontinuities {(or other audio artefacts) or no rotation at all {passive prediction), which fails
to give optimum prediction and relies more on decorrelators to fill the unpredicted energy.
Accordingly, the approaches described above may provide prediction that is too aggressive or
too weak. In an embodiment, W is scaled prior to performing active prediction. The idea
behind this embodiment is that pre-scaling of the W channel would ensure that the post active
prediction W channel {or the representation of dominant eigen signal) comprises most of
original W. This means that the amount of X, Y and Z to be mixed with W is reduced, and
therefore results in a less aggressive active prediction as compared to the solution described in
Appendix A, while still resulting in stronger prediction as compared to the passive (or scaled
passive} approaches described above. The amount of pre-scaling is determined as a function of
variance of W and X, Y, Z channels such that W becomes close to the dominant energy signal
before doing active prediction.

{00138} Below is an example implementation of pre-scaled W active prediction

downmix coding scheme with 1 channel downmix. Let the FOA input be given as U =
W X Y Z}T, and the input signal {4 x 4) covariance matrix give as:

“wr= ()

lnCC“"MX@}

[60]
where {1 1s 3x1 unit vectot and R is a 3x3 covariance matrix of X, Y and Z channels, and w is
the variance of the W channel.
{00139} Now pre-scale the W channel prior to doing active prediction. The pre-scaling

factor “h” is a function of variance of X, Y, Z and W and is computed as follows:

53
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=
h= max(l, min (Hmax,\fitrazjm) )),

where h 1s the prescaling factor, Hmax is a constant {e.g., 4) that puts an upper bound on

[61]

prescaling.
[00140] Pre-scaling matrix is given as:
h O
Hscalepyu) = (0 IB)A
[62]
[60141} Next, compute active prediction parameters based on scaled covariance matrix

given below scale_covisy4) = Hscale = in_cov = Hscale’ and solve for “g” based on the scaled

input covariance results in cubic(g) as follows (refer to Equation (17} in Appendix A):

cubic(g) = (Bf*)g® + (2tha)g® + (h*w — BhHg — (ha).
[63]
{00142} Alternatively, one can solve for g and f as follows refer to Equation (24) in
Appendix A:

ifs < o = X i o= g e for £ the
1fhw < g'theng= - else fix g = g'and solve for {, then

quadratic(g) = (Bg”™)f? + (2g"%ha — Bg)f + (hiwg' — ha),

[64]
¢ {B—2ahg’)+ \JI(/&cthzg’z + B2—4Bg'*wh?)
= ol 2
2Bg

[65]
or

f = {B~2ahg )+ ((B~2ahg"}2+4Bg h{u-grwh))

B 2pg" '
[66]
{60143} Since 48g'h{o — g'wh) > 0,as o > g'wh f can be written as:

. {B-2ahg’}+ abs{p-2ahg’}+C

f= 2pg'” ’
[67]

where C is a positive constant and noting that (B — 2ahg’) + abs{B — 2ahg’) will either be

0 or always decrease as he increases.
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[00144] It is also known that C decreases if 4Bg'h(a — g'wh) decreases 43g'h{a —
g'wh) decreases as h increases if a < g'w(Zh +

8), where 8 is the increment in value of h.

j00145] Hence, the overall value of “f” should decrease with increase in value of “h”
unless input covariance is too high in which case controlling X, Y, Z mixing into W may not
be required anyway.

{00146} Now, with pre-prediction scaling “h” and post-prediction scaling “1”, the

prediction matrix is computed as follows:

Predpygqy = (hr rfgl”).
[68]
[00147] This results in post prediction W signal as:

W= (h*W + pifY + pof X + p3fZ)*r,
[69]
where gli (or [p1, p2, p3)) is a 3x1 vector that represents the prediction parameters, 1 is the
scaling factor to scale post predicted W, such that energy of upmixed W is the same as the input
W.
j00148] The computation of post prediction scaling factor “r” is same as given in section
2.3.1.4, Equation [37]

_ st BTG

—
where / z
2 ’ ’ gw\ m’

.
[70]
and g is computed by solving Equation (17) in Appendix A.

[00149] Now, the scaled prediction parameters are computed as:

g = %, where g'ti (or [p1' p2' p3'D

(71]

Decorrelation Parameters

[60150] In an embodiment, the downmixed (or post predicted) W channel variance is
given by:

m = Predpigs) * Meoup, * Pred’[syq).

[72]
{60151} Decorrelation parameters are computed as normalized uncorrelated (or

unpredictable) energy in Y, X and Z channels with respect to the post predicted W channel. In

3
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an example implementation, decorrelation parameters (Pd parameters) with a pre-scaled W
active downmix coding scheme can be computed from a scaled covariance scaled as per

Equation {62] and an active downmix matrix given as

r rigi”
DmXps4) = {mgﬁ I; — ngﬁﬁ*)'

{73]

PostP = DXy * scale_covigy, * Dmx'14547
[74]

Resyses) = Postp(2: 4, 2: 4),

[75]

N R Respayq)

NReS[axs) = max(is.,m,scalem-{ﬁReshxg]D} ’

[76]

Pdpsy= diag(\jmax (O, real (diag(NResBX—_ﬂ))))
{771

{00152 Here, Equation [77] gives the decorrelation parameters (3x1 Pd matrix ordi, d2
and d3 parameters) to be encoded and sent to decoder. And “m” is the variance given in

Equation [72], scale is a constant between O and 1.

Decoder
[60153] in an embodiment, decoder receives coded W’ PCM channel {given by Equation

[69]), coded prediction parameters (given by Equation [71]) and coded decorrelation
parameters (given by Equation [77]). The mono channel decoder (e.g., EVS) decodes the W’
channel {e.g., let the decoded channel be W'}, the SPAR decoder then applies an inverse
prediction matrix to the W’ channel to reconstruct a representation of the original W channel
and the elements of X, Y and Z that can be predicted from the W’ channel.

[00154] In an embodiment, the inverse prediction matrix is given as follows (refer to
Equation (8) in Appendix A):

(1=fg™ 0

InvPredygy; = ( g8 L)

[78]
j00155] SPAR applies inverse prediction matrix and decorrelation parameters to
reconstruct a representation of original FoA signal, where reconstruction of the FoA signal is

given as follows:
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n



WO 2022/120093 PCT/US2021/061671

Woue = W1 - fsgi2)>

{791
Xout = pllvvﬂ + dlDl (‘N”):
[80]
Your = p2'W” + d,D,(W") and
Lout = pziwm + d3D3(W”}‘
[81]
[60156] Here, d1, d and ds are decorrelation parameters and D, (W"), D, (W*), Dy (W™,

are three decorrelated channels with respect to W’ channel.

2.3.1.10 Scaled Active Downmix Scheme Based on Normalized Covariance
[00157] Another embodiment to create a representation of the dominant eigen signal is
by rotating the FoA input as a function of the normalized covariance of WX, WY, and WZ
channels. This embodiment ensures that only the correlated compounents in the X, Y and Z
channels are mixed into the W channel, thereby reducing the artifacts that may arise due to
aggressive rotation (or mixing) by the previously described methods, especially when dealing
with parametric upmix as there is no way to undo an imperfect mixing of X, Y, Z into W at the
decoder side. Another benefit of this approach is that it simplifies the calculation of ‘g’ (active
prediction coefficient factor) resulting in a linear equation in *g”.

{00158} Below is an example implementation of active prediction downmix coding with
1 channel downmix where a representation of dominant eigen signal is formed by performing
a rotation (that is a function of normalized covariance factor) to the input FoA signal.

[00159] Let the FoA inputbe givenas U= [W X Y Z}T and the input signal {4 x
4) covariance matrix:

, T W aﬁ*)
Moy, =y = (aﬁ R

[82]
where 11 i1s a 3x1 unit vector and R 1s 3x3 covariance matrix between the X, Y and 7 channels
and w is the variance of the W channel.
{00160} Let “F” be a function of normalized “o” that gives the amount of mixing to be
done from X, Y, Z into W channel to form a representation of the dominant eigen signal. The

active prediction matrix can then be given as follows (refer to Equation (6) in Appendix A).
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; (1 Fa* Y fa ‘
Predygq) = (\mgﬁ I, — gFﬁﬁ*) ,where F = min (1, m}
[83]
00161} In an embodiment, the normalization term in the calculation of “F” is chosen

such that it results in optimum mixing of X, Y, Z into W even in corner cases when energy in
W is too low or too high as compared to the X, Y and Z channels.

{00162} In Equation [83], “f” and “m” are constants such f <=1 and m > =1 (e.g, f=
0.5 and m = 3), it may be desired to have a lower value of F when the W variance is already
high as compared to X, Y and Z channel variances, and hence the factor “m” helps with
achieving the desired normalization in such cases.

[00163] In an embodiment, the post prediction matrix after applying the prediction
matiix in Equation [83] to the input is given as:

Post_predictionps = Pred = in_cov = Pred’

Post_predictionpsy = (r; Rree)’

[84]
where T is minimized by setting i* X =0 as per Equation {12) in Appendix A. This

results in a linear equationin g

. - W2, + < a+ gF
linear(g) = gBF%+ 20gF +wg— BF— o, g= FFrTar W’
[85]
{00164} If there is no rotation {i.e., F=0), then g = a/w, which is the same as the

passive prediction coefficient factor.

[00165] When correlation between the W and the X Y, Z channels is very low, such that
is ¢ =~ 0, then the result is ¥ =~ 0 which means zero { or close to ) amount of mixing is to be
done from X, Y, and Z into W. Inversely, when there is high correlation between the W and
X, Y, Z channels and the variance of W is lower than X, Y and Z channels then that would
result in high value of F as desired. Post active prediction, it may still be desired to do scaling
on the post predicted W to ensure that the variance of the upmixed W is same as the input W,
and also to ensure that the prediction parameters are in desired range.

{60166} In an embodiment, the actual prediction matrix for a 1-channel downmix, post

scaling, is given as:

=1
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Predjizg = (r rFOY),
[86]

where ris the post prediction scaling factor.
[00167] This results in the post prediction W’ signal:
W o= (W + Fu;Y + FuuX + FugZ) *r,
[87]
where F is given in Equation [83], (w1, uz, us) is a unit vector given by { in Equation [82].

j00168] The computation of the post prediction scaling factor “r” is same as given in
section 2.3.1.4 Equation {37) by using the inverse prediction matrix given in Equation [31] and
prediction matrix given in Equation [86] and substituting them in Equation [33] and Equation
(34}

_ Bwhyawt4fsg? . ]m
- 2 ' Bw = m’
[88]
where m is the post predicted W variance with r = 1 as per Equation {33].
{00169} The scaled prediction parameters are given by:
’ g
g =7
(891

and g'G (or [p1, p2, p3]) is a 3x1 prediction parameters vector to be encoded and sent to the

decoder.

Decorrelation Parameters
[60170] From Equations [82] and [86], the downmixed (or post predicted) W channel

variance is given by:

m’ = Predyeq * Ncovgyy * Pred'piq)-
{90}

[00171] In an embodiment, decorrelation parameters are computed as normalized
uncorrelated (or unpredictable) energy in Y, X and Z channel with respect to post predicted W
channel.

[00172] In an embodiment, the decorrelation parameters (Pd parameters) can be

computed from Post_predictiong,y,; computed in Equation [84]:

3
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Resyzy3) = Post_prediction(Z2: 4, 2: 4),

[91]
Resyaxal
NRes[zx3] = — L2, \
[3x3] max(s_.mf,scale*tr(ﬁRes[3X3]}))-’
[92]

Pdpzyq)= diag(\;imax (0, real (diag(NResBXﬂ)))).
(93]

[00173] Here, Equation [93] gives the decorrelation parameters (3x1 Pd matrix or di, d2
and d3 parameters) to be encoded and sent to decoder. And “ m’ ” is the variance given in

Equation [90], “scale” is a constant between 0 and 1.

Decoder
00174} In an embodiment, the decoder receives the coded W’ PCM channel (given by

Hquation [87]), coded prediction parameters (given by Equation [89]) and the coded
decorrelation parameters (given by Equation [93]).

[60175] In an embodiment, the mono channel decoder {e.g, EVS}) decodes the W’
channel (let the decoded channel be W), and the SPAR decoder then applies an inverse
prediction matrix to the W’ channel to reconstruct a representation of the original W channel

and the elements of X, Y and Z that can be predicted from the W’ channel.

{066176] Inverse prediction matrix 18 same as in Equation [31];
. 12N
InvPredpyy,; = ((1 ,ffg / D)
gu I3
[94]
[60177] In an embodiment, SPAR applies the inverse prediction matrix and

decorrelation parameters to reconstruct a representation of the original FoA signal, where the

reconstruction of FOA signal is given as follows:

Woue = W(1— fig™)

)

[95]

Xoue = py' W + d; D (W),
[96]

Y()ut = pz"W” -+ dz Dz(:‘uﬂ’ﬂi) and
[97]
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Zour = pa'W" + ds D3 (W),
(98]

[60178] Here, d1, d2 and d3 are decorrelation  parameters  and

Dy (W™, D (W™, D3 (W™, are three decorrelated channels with respect to the W’ channel.

2.3.2 Passive Downmix Ceding Scheme

{60179} In the passive downmix coding scheme, any downmix can be chosen for
transmission which enables the best possible reconstruction of the FoA signals using N (e.g.,
N=3) prediction parameters and M {e.g., M=3) decorrelator parameters. The original W is
transmitted for the passive downmix coding scheme, e.g. no downmix operation is performed.
The advantage of this approach is that the downmix signal is not prone to any instability issues
which might be introduced by a signal adaptive downmix. The disadvantage is that the
reconstruction {prediction) of FoA signals X, Y, Z is suboptimal. Therefore, different downmix
strategies are described below which reduce the waveform reconstruction error of the FoA
signals compared to transmitting W. In all cases, the FoA signals X Y,Z are predicted by a
single prediction parameter each and the downmix represents W. The downmix is scaled such
that the energy of the downmix matches the energy of W. It is possible to apply the downmix

strategies described below in the active downmix coding scheme as well,

2321 Propose Adaptive Downmix Strategies
2.3.2.1.1 Smoothing
[00180] For all adaptive downmix strategies there is the risk to introduce temporal

instabilities (artefacts) when the downmix coefficients or the scaling factor change to quickly
{in time) or across frequency bands. Furthermore, if the downmixing is performed in a down-
sampied filter bank domain, modifying the signals too drastically can increase aliasing
distortion in the synthesis. Therefore, coefficients should change relatively smoothly over time
and frequency. It is proposed to smooth downmix coefficients over time by a first order IR
filter or a FIR filter. Smoothing over frequency bands can be done with a delay less moving
average FIR filter.

{60181} Alternatively, the adaptive downmix may be a broadband downmix, e.g. the
time frame adaptive downmix coefficients are identical for all frequency bands, while the

prediction and decorrelator parameters are frequency band dependent.
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2.3.2.1.2 Stabilized Eigensignal

[00182] In an embodiment, the dominant Figensignal, which is derived from the
Eigenvector with the highest eigenvalue based on the input Covariance R, is transmitted to the
decoder. The problem with that is that the Eigensignal may be temporally unstable. This
problem can be mitigated by transmitting a “boosted” Eigensignal with W being forced
dominant (boosted before deriving the Figenvector} according to Equation [55] in section
2.3.1.7, such that

A= lhgy g1 g q3]with additional energy (W) preserving scaling factor r.

2.3.2.1.3 Ad-Hoe Heuristic Downmix Rule

{60133} This approach is based on the observation, that the downmix shouid be
correlated to some extent with the signals to predict. This is especially true if the target signal
energy is large and thus perceptually important. Since we allow for negative valued prediction
parameters, we should take care to coherently add downmix signals X Y,Z to W (e.g. with the
correct sign).

j60184] These considerations lead to the following downmix Rule (Matlab notation):

A= diag(R) sign(R(, 1)) (1 — ARG )

sqre{R(1,1) diag(R))
[99]
with energy scaling according to Equation [87]. In experiments, the total prediction error

with this downmix strategy is significantly smaller than for the standard passive downmix.

2.3.2.14 Static Downmix Coefficients
100185} Less prone to instability artefacts is an empirically derived downmix with fixed
initial coefficients. One possible downmix could be:
A=1{1 03 02 01}
{60186} Note that even though the coefficients are fixed, when scaling with respect to

the energy of W, the downmix becomes adaptive.

2.3.2.1.8 Iterative Adjustment
{00187} This strategy iteratively reduces the total prediction error by adding
contributions of signals to W which generate the largest prediction error according to Equation

[86] measured per iteration. The guantization limitation of prediction parameters can be
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considered when calculating the total prediction error. In an embodiment, the following
iterative processing is applied:

e Initialize A =[1,0,0,0], Tuning constant k=02
e Run iteration loop (few times like 1, 2, 3 or 4)
o Calculate the prediction error per signal E, per Equation [91]
o Variant |
= Find signal (id) with highest prediction error

= Increment downmix coefficient: A(id) = A(id) +

k sign{R(id, D)IA|
o Variant 2 (increment all coefficients in one step per iteration)
» A=A+ ksign(R(G,D)JE,

Apply scaling to downmix coefficients (preserve W energy)

O

Calculate prediction parameters, Equation [84]

O

o Limit prediction parameters to quantization range

[00188] FIG. 3 is a flow diagram of an audio signal encoding process 300 that uses an
encoding downmix strategy applied at an encoder that is different than a decoding downmix
strategy applied at a decoder. Process 300 can be implemented, for example, by system 700 as
described in reference to FIG. 7.

[00189] Process 300 includes the steps of obtaining an input audio signal representing
an input audio scene and comprising a primary input audio channel and side channels (301},
determining a type of downmix coding scheme based on the input audio signal (302), based on
the type of downmix coding scheme: computing one or more input downmixing gains to be
applied to the input audio signal to construct a primary downmix channel (303), wherein the
input downmixing gains are determined to minimize an overall prediction error on the side
channels, determining one or more downmix scaling gains to scale the primary downmix
chanuvel (304), wherein the downmix scaling gains are determived by minimiziog an evergy
difference between a reconstructed representation of the input audio scene from the primary
downmix channel and the input audio signal, generating prediction gains based on the input

audio signal, the input downmixing gains and the downmix scaling gains (305); determining
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one or more residual channels from the side channels in the input audio signal by using the
primary downmix channel and the prediction gains to generate side channel predictions and
then subtracting the side channel predictions from the side channels (306); determining
decorrelation gains based on energy in the zero or more residual channels (307); encoding the
primary downmix channel, the zero or more residual channels and side information into a
bitstream, the side information comprising the prediction gains and the decorrelation gains
(308); and sending the bitstream to a decoder (309). Each of these steps were described in
detail in previous sections.

[60190] FIGS. 4A and 4B is a flow diagram of process 400 for encoding and decoding
audio, according to an embodiment. Process 400 can be implemented, for example, by system
700 as described in reference to FIG. 7.

{00191} Referring to FIG. 4A, at an encoder, process 400 includes the steps of:
computing a combination of the input downmixing gains to be applied to the input audio signal
to generate the primary downmix channel, and the downmix scaling gains, wherein the input
downmixing gains are computed as a function of the input covariance of input audio signal
(401); generating the primary downmix channel based on the input audio signal and the input
downmixing gains (402); generating the prediction gains based on the input audio signal and
input downmixing gains (403); determining the residual channels from the side channels in the
input audio signal by using the primary downmix channel and the prediction gains to generate
the side channel predictions and then subtracting the side channel predictions from the side
channels in the input audio signal (406); determining the decorrelation gains based on the
energy in the residual channels (407); determining the downmix scaling gains to scale the
primary downmix channel, the prediction gains and the decorrelation gains, such that the
prediction gains or the decorrelation gains, or both are in the specified quantization range (408);
encoding the primary downmix channel, the zero or more residual channels and the side
information including the scaled prediction gains, and the scaled decorrelation gains into the
bitstream (409); sending the bitstream to the decoder (410).

j00192] Referring to FIG. 4B, at the decoder, process 400 continues by decoding the
primary downmix channel, the zero or more residual channels and the side information
including the scaled prediction gains, and the scaled decorrelation gains (411); setting the
upmix scaling gains as a function of the scaled prediction gains and the scaled decorrelation
gains (412); generating the decorrelated signals that are decorrelated with respect to the primary
downmix channel (413); and applying the upmix scaling gains to the combination of the

primary downmix channel, the zero or more residual channels and the decorrelated signals to



WO 2022/120093 PCT/US2021/061671

reconstruct the representation of the input audio scene, such that the overall energy of the input
audio scene is preserved (414).

{00193} FIG. S is a block diagram of a SPAR FOA decoder operating in one channel
downmix mode with adaptive downmix scheme, according to an embodiment. SPAR decoder
500 takes a SPAR bitstream as input and reconstructs a representation of an input FoA sigoal
at the decoder output, wherein the FoA input signal comprises a primary channel W and side
chanuels Y, Z and X, and the decoded output is given by W, Y”", 27" and X’ channels. The
SPAR bitstream is unpacked into core coding bits and side information bits. The core coding
bits are sent to a core decoding unit 501 which reconstructs the primary downmix channel W’.
The side information bits are sent to side information decoding unit 502 which decodes and
inverse quantizes the side information bits, which comprises prediction gains (p1, p2, p3) and
decorrelation gains (d1, da, d3).

j80194] The primary downmix channel W’ is fed to decorrelator unit 503 which
generates 3 outputs that are decorrelated with respect to W, The Y, Z and X channel
predictions are computed by scaling the W’ channel with prediction gains (p1, p» and ps) and
the remaining uncorrelated signal components of the Y, Z and X chauvuvels are computed by
scaling decorrelated outputs of unit 503 with decorrelation gains (di, d2 and d3). The prediction
components and decorrelated components are added together to obtain the output channels Y,
77" and X’ at the output of decoder 500.

{60195] The primary channel downmix W’ output of unit 501 and decoded side
information output of unit 502 is fed to a scale computation unit 504 that computes the
upmixing scaling gain to scale W’ channel to obtain the W’ channel, such that the energy of
W’ channel is the same as the energy of the encoder input W channel. In an embodiment, the

reconstruction of the FoA signal at the decoder is given by:

W” = (1~ fx(p1? + p22 + p31)) =W,

{100}

Y= py s W dy + DI(W),
[101]

2V =p,x W +d, » D2(W'), and
[162]
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X" = pa« W + dy = D3(W),
{103}

where f is a constant {e.g., { = 0.5} and DI(W’), D2(W’) and D3(W’} are the outputs of
decorrelator unit 503. In an example embodiment, core decoding unit 501 is an EVS decoder
and the core coding bits comprise an EVS bitsiream. In other embodiments, core decoding
unit 501 can be any mono channel codec.

[00196] FIG. 6 is a block diagram of SPAR FOA encoder 600 operating in one channel
downmix mode with adaptive downmix scheme, according o an embodiment. SPAR encoder
600 takes an FoA signal as an input and generates a coded bitstream that can be decoded by
SPAR decoder 500 described in FIG. 5, wherein the FoA input is given by W, Y, Z and X
channels. The FoA input is fed into a spatial analyses/side information generation and
quantization unit 601 that analyses the FoA input, generates input covariance estimates, and
based on the covariance estimates, computes input downmixing gains {So, s1, $2 and s3) and a
downmix scaling gain (r). In an embodiment, input downmixing gain so is equal to 1.

{60197] Spatial analyses/side information generation and quantization unit 601
computes prediction gains and decorrelation gains based on the input covariance estimates,
input downmixing gains and downmixing scaling gain, such that prediction gains and
decorrelation gains are within a specified quantization range and then quantizes them. The
quantized side information, comprising prediction gains and decorrelation gains ,is then sent
to side information coding unit 603, which codes the side information into a bitstream. The
FoA input, input downmixing gains and downmix scaling gain are fed into downmixing unit
602 which generates the one channel downmix W(also referred to as primary downmix
chanuel or representation of dominant eigen signal) by applying the input downmixing gains
and the downmix scaling gain to the FoA input. The W’ output of downmixing unit 602 is
then fed into a core coding unit 604 that codes the W’ channel into the core coding bitstream.
The output of core coding unit 604 and side information coding unit 603 are packed into a
SPAR bitstream by bit packing unit 605.

j00198] In an embodiment, spatial analyses/side information generation and
quantization unit 601 computes the energy estimate of the decoder output W~ of decoder 500
and equates it to the energy estimate of the encoder input W of encoder 600, while computing
the downmix scaling gain, prediction gains and decorrelation gains, thereby preserving energy.

In an example embodiment, core coding unit 604 is an EVS encoder and the core coding bits
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comprise an EVS bitstream. In other embodiments, core coding unit 604 can be any mono

channel codec.

Example System Architecture

{60199 FIG. 7 shows a block diagram of an example system 700 suitable for
implementing example embodiments of the present disclosure. System 700 includes one or
more server computers or any client device, including but not limited to any of the devices
shown in FIG. 1, such as the call server 102, legacy devices 106, user equipment 108, 114,
conference room systems 116, 118, home theatre systems, VR gear 122 and immersive content
ingest 124. System 700 include any consumer devices, including but not limited to: smart
phones, tablet computers, wearable computers, vehicle computers, game consoles, surround
systems, kiosks,

00200} As shown, the system 700 includes a central processing unit (CPU) 701 which
is capable of performing various processes in accordance with a program stored in, for
example, a read only memory (ROM) 702 or a program loaded from, for example, a storage
unit 708 to a random access memory (RAM) 703, In the RAM 703, the data required when the
CPU 701 performs the varicus processes is also stored, as required. The CPU 701, the ROM
702 and the RAM 703 are connected to one another via a bus 704. An input/output (/O)
interface 705 is also connected to the bus 704.

{60201} The following components are connected to the VO interface 705 an input unit
706, that may include a keyboard, a mouse, or the like; an output unit 707 that may include a
display such as a liquid crystal display (LCD) and one or more speakers; the storage unit 708
including a hard disk, or another suitable storage device; and a communication unit 709
including a network interface card such as a network card (e.g., wired or wireless).

[00202] In some implementations, the input unit 706 includes one or more microphones
in different positions (depending on the host device) enabling capture of audic signals in
various formats (e.g., mono, stereo, spatial, immersive, and other suitable formats).

j00203] in some implementations, the output unit 707 include systems with various
number of speakers. Asillustrated in FIG. 1, the output unit 707 {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).

{60204} The communication unit 709 is configured to communicate with other devices
(e.g., via a network). A drive 710 is also connected to the VO interface 705, as required. A

removable medium 711, such as a magnetic disk, an optical disk, a magneto-optical disk, a
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flash drive or another suitable removable medium is mounted on the drive 710, so that a
computer program read therefrom is installed into the storage unit 708, as required. A person
skilled in the art would understand that although the system 700 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.

{60205} 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 711,
as shown in FI1G. 7.

{60206} Generally, various example embodiments of the present disclosure may be
implemented in hardware or special purpose circuits {e.g., control circuitry), software, logic ot
any combination thereof. For example, the units discussed above can be executed by control
circuitry (e.g., a CPU in combination with other coraponents of FIG. 7), 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 controlier, microprocessor or other computing device (e.g., control
circuitry). While various aspects of the example embodiments of the present disclosure are
iltustrated 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.

j00207] 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.
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{60208} 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.

00209} 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 cootrol 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.

{60210} 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. Counversely, 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
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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.

What is claimed is:
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CLAIMS

1. An audio signal encoding method that uses an encoding downmix strategy applied at an
encoder that is different than a decoding re-mix or upmix strategy applied at a decoder, the
method comprising:
obtaining, with at least one processor, an input audio signal, the input audio signal
representing an input audio scene and comprising a primary input audio chanuvel and side
channels;
determining, with the at least one processor, a type of downmix coding scheme based
on the input audioc signal,
based on the type of downmix coding scheme:
computing, with the at least one processor, one or more input downmixing
gains to be applied to the input audio signal to construct a primary downmix channel, wherein
the input downmixing gains are determined to minimize an overall prediction error on the
side channels;
determining, with the at ieast one processor, one or more downmix scaling
gains to scale the primary downmix channel, wherein the downmix scaling gains are
determined by minimizing an energy difference between a reconstructed representation of the
input audio scene from the primary downmix channel and the input audio signal;
generating, with the at least one processor, prediction gains based on the input
audio signal, the input downmixing gains and the downmix scaling gains;
determining, with the at feast one processor, one or more residual channels
from the side channels in the input audio signal by using the primary downmix channel and
the prediction gains to generate side channel predictions and then subtracting the side channel
predictions from the side channels;
determining, with the at least one processor, decorrelation gains based on
energy in the residual chanuels;
encoding, with the at least one processor, the primary downmix channel, the
zero or more residual channels and side information into a bitstream, the side information
comprising the prediction gains and the decorrelation gains corresponding to the one or more
residual channels; and

sending, with the at least one processor, the bitstream to a decoder.
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2. The method of claim 1, further comprising:

computing, with the at least one processor, an input covariance based on the input
audio signal; and

determining, with the at least one processor, the overall prediction error using the

input covariance.

3. The method of claim 2, wherein the computation of the downmix scaling gains further
comprises:

determining, with the at least one processor, upmixing scaling gains as a function of
the side information transmitted to the decoder;

generating, with the at least one processor, the representation of the input audio scene
from the primary downmix channel and the zero or more residual channels by applying the
upmixing scaling gains to the primary downmix channel such that the overall energy of the
input audio scene is preserved,

determiving, with the at least one processor, the downmix scaling gains by solving a
closed form solution of a polynomial to preserve energy of the input audio scene, where the
downmix scaling gains are determined when matching energy of the reconstructed input

audio scene with the energy of the input audio scene.

4. The method of claim 3, wherein the upmixing scaling gains to reconstruct the
representation of the input audio scene from the primary downmix channel and the zero or
more residual channels is a function of the prediction gains and the decorrelation gains
transmitted in the side information to the decoder, such that the reconstructed representation
of the primary input audio signals in phase with the primnary downmix channel, and the

polynomial is a quadratic polynomial.

5. The method of claim 4, wherein the upmixing scaling gains to reconstruct the
representation of the input audio scene from the primary downmix channel is a function of
the prediction gains and the decorrelation gains transmitted to the decoder, such that the
downmix scaling gains obtained by solving the quadratic polynomial scale the prediction

gains and the decorrelation gains within a specified quantization range.

6. The method of claim 5, further comprising:

s
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at the encoder:
computing, with at least one encoder processor, a combination of the input

downmixing gains to be applied to the input audio signal to generate the primary downmix
channel, and the downmix scaling gains, wherein the input downmixing gains are computed
as a function of the input covariance of input audio signal ;

generating, with the at least one encoder processor, the primary downmix channel
based on the input audio signal and the input downmixing gains;

generating, with the encoder processor, the prediction gains based on the input audio
signal and input downmixing gains;

determining, with the at least one encoder processor, the residual channels from the
side channels in the input audio signal by using the primary downmix channel and the
prediction gains to generate the side channel predictions and then subtracting the side channel
predictions from the side channels in the input audio signal;

determining, with the at least one encoder processor, the decorrelation gains based on
the energy in the residual channels;

determining, with the at least one encoder processor, the downmix scaling gains to
scale the primary downmix channel, the prediction gains and the decorrelation gains, such
that the prediction gains or the decorrelation gains, or both are in the specified quantization
range;

encoding, with the at least one encoder processor, the primary downmix channel, the
zero or more residual channels and the side information including the scaled prediction gains,
and the scaled decorrelation gains into the bitstream;

sending, with the at least one encoder processor, the bitstream to the decoder;
at the decoder:

decoding, with at least one decoder processor, the primary downmix channel, the zero
or more residual channels and the side information including the scaled prediction gains, and
the scaled decorrelation gains;

setting, with the at least one decoder processor, the upmix scaling gains as a function
of the scaled prediction gains and the scaled decorrelation gains;

generating, with the at least one decoder processor, the decorrelated signals that are
decorrelated with respect to the primary downmix channel; and

applying, with the at least one decoder processor, the upmix scaling gains to the

combination of the primary downmix channel, the zero or more residual channels and the

4
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decorrelated signals to reconstruct the representation of the input audio scene, such that the

overall energy of the input audio scene is preserved.

7. The method of claim 6, wherein the input downmixing gains to be applied to the input
audio signal to generate the primary downmix channel are computed as a function of a
normalized input covariance, such that a numerator of the function is a first constant
multiplied by a covariance between the primary input audio channel and the side channels
and a denominator of the function is a maximum of a second constant multiplied by the
variance of the primary input audio channel and a sum of variances of the side channels of
the input audio signal; and

generating, with the at least one encoder processor, a linear polynomial by
minimizing a prediction error for the side channel predictions and solving for the prediction

gains.

8. The method of any one of claims 6 to 7, wherein the input downmixing gains to be applied
to the input audio signal to generate the prirnary downmix channel correspond to a passive
downmix coding scheme, such that the primary downmix channel is either the same as the

primary input audio signal or a delayed version of the primary input audio sigoal.

9. The method of any one of claims 6 to 8, wherein the input downmixing gains to be applied
to the input audio signal to generate the primary downmix channel are computed as a

function of the prediction gains.

10. The method of any one of claims 6 to 9, wherein computing the input downmixing gains
to be applied to the input audio signal to generate the primary downmix channel comprises:
determining, with the at least one processor, a correlation between the primary audio
signal and the side channels of the input audio signal; and
selecting, with the at least one processor, an input downmixing gain computation

scheme based on the correlation.

11. The method of any one of the claims 6 to 10, wherein the computation of the input
downmixing gains to be applied to the input audio signal to generate the primary downmix
channel, further comprises:

at the encoder:
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determining, with the at least one encoder processor, a set of passive
prediction gains based on a passive downmix coding scheme;
comparing, with the at least one encoder processor, the set of passive
prediction gains against a first threshold value;
determining, with the at least one encoder processor, if the set of passive
prediction gains are less than or equal to the first threshold value, and if so, computing the
first set of input downmixing gains;
generating, with the at least one encoder processor, a first set of prediction
gains based on the input audio signal and the input downmixing gains;
determining, with the at least one encoder processor, if the first set of
prediction gains are higher than a second threshold value and if so, computing a second set of
input downmixing gains;
generating, with the at least one encoder processor, a second set of prediction
gains based on the input audio signal and the input downmixing gains,
determining, with the at least one encoder processor, the residual channels
from the side channels in the input audio signal by using the primary downmix channel and
the second set of prediction gains;
determining, with the at least one encoder processor, the decorrelation gains based on
the residual channel energy that is not being transmitted to the decoder;
determining, with the at least one encoder processor, the downmix scaling gains to
scale the primary downmix channel, the second set of prediction gains and the decorrelation
gains, such that the prediction gains or the decorrelation gains or both are in the specified
quantization range;
encoding, with the at least one encoder processor, the primary downmix channel, the
zero or more residual channels and the side information including the scaled prediction gains
and the scaled decorrelation gains into the bitstream;
sending, with the at least one encoder processor, the bitstream to the decoder;
at the decoder:
decoding, with the at least one decoder processor, the primary downmix
channel, zero or more residual channels and the side information including the scaled
prediction gains and the scaled decorrelation gains;
determining, with the at least one decoder processor, the upmix scaling gains

as a function of the scaled prediction gains and the scaled decorrelation gains;
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generating, with the at least one decoder processor, the decorrelated signals
that are decorrelated with respect to the primary downmix channel; and

applying, with the at least one decoder processor, the upmix scaling gains to
the combination of the primary downmix channel, the zero or more residual channels and the
decorrelated signals to reconstruct the representation of the input audio scene, such that the

overall energy of the input audio scene is preserved.

12. The method of any one of the claims 6 to 11, wherein the input downmix gains

correspond to a passive downmix coding scheme.

13. The method of claims 7 or 11, wherein a first set of input downmixing gains correspond
to an active downmixing scheme wherein the first set of input downmixing gains to be
applied to the input audio signal to generate the primary downmix channel are computed as a
function of a normalized input covariance such that a numerator in the function 1s a first
constant multiplied by a covariance of the primary input audio channel and the side channels
and a denominator in the function is a maximum of a second constant multiplied by a

variance of the primary input audio channel and a sum of variances of the side channels.

14. The method of claim 11, wherein a second set of input downmixing gains correspond to
an active downmix coding scheme, wherein the primary downmix channel is obtained by
applying the second set of input downmixing gains to the primary input audio channel and

the side channels and then adding the channels together.

15. The method of claim 9 and 14 , wherein the second set of input downmixing gains are

coefficients of a quadratic polynomial.

16. The method of claim 11, wherein the threshold against which the prediction gains are

compared is computed such that the prediction gains are in the specified quantization range.

17. The method of claim 6, wherein computing the input downmixing gains to be applied to
the input audio signal to generate the downmix channel comprises:

computing a scaling factor to scale the primary input audio signal;

computing a covariance of the scaled primary input audio signal;

performing eigen analysis on the covariance of the scaled primary input audio signal;
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choosing an eigen vector corresponding the largest eigen value as the input
downmixing gains such that the primary downmix channel is positively correlated
with the primary input audio channel; and

computing the downmix scaling gains to scale the primary downmix channel and

the side information such that the overall energy of the input audio scene is preserved.

18. The method of claim 6, wherein computing the input downmixing gains to be applied to
the input audio signal to generate the primary downmix channel, comprises:
computing a scaling factor to scale the primary input audio channel;
computing the input downmixing gains based on the scaled primary input audio
channel by setting the input downmixing gains as a function of the prediction gains of
the scaled primary input audic channel; and
computing the downmix scaling gains to scale the primary downmix channel and

side information such that the overall energy of the input audio scene is preserved.

19. The method of claim 17 or 18, wherein the scaling factor to scale the primary input audio
channel is a ratio of a variance of the primary input audio channel and a square root of a sum

of variances of the side channels.

20. The method of claim 11, wherein the computation of input downmixing gains to be

applied to the input audio signal to generate a primary downmix channel, further comprises:

determining, with the at least one encoder processor, the prediction gains based on a
passive downmix coding scheme;

computing, with the at least one encoder processor, first downmix scaling gains to
scale the primary downmix channel and side information such that the overall energy of the
input audio scene is preserved in the reconstructed representation of input audio scene;

determining, with the at least one encoder processor, if the first downmix scaling
gains are less than or equal to a first threshold value and, as a result, computing a first set of
input downmixing gains,

determining, with the at least one encoder processor, if the first downmix scaling
gains are higher than a second threshold value and, as a result, computing a second set of

input downmixing gains; and
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generating, with the at least one encoder processor, a second set of prediction gains
based on the input audio signal and the first or second input downmixing gains;

determining, with the at least one encoder processor, the residual channels from the
side channels in the input audio signal by using the primary downmix channel and the second
set of prediction gains;

determining, with the at least one encoder processor, the decorrelation gains based on
the residual channel energy that is not being transmiited to the decoder;

encoding, with the at least one encoder processor, the primary downmix channel, the
zero or more residual channels and the side information including the second set of prediction
gains and the decorrelation gains into the bitstream;

sending, with the at least one encoder processor, the bitstream to the decoder;

at the decoder:

decoding, with the at least one decoder processor, the primary downmix

channel, zero or more residual channels and the side information including the second set of
prediction gains and the decorrelation gains;

determining, with the at least one decoder processor, the upmix scaling gains as a
function of the second set of prediction gains and the decorrelation gains;

generating, with the at least one decoder processor, the decorrelated signals that are
decorrelated with respect to the primary downmix channel; and

applying, with the at least one decoder processor, the upmix scaling gains to the
combination of the primary downmix channel, zero or more residual channels and the
decorrelated signals to reconstruct the representation of the input audio scene, such that the

overall energy of the input audio scene is preserved.

21. The method of claim 8 or 20, wherein the first set of input downmixing gains correspond

to a passive downmix coding scheme.

22. The method of any one of the claims 14-16 or 20, wherein the second set of input
downmixing gains correspond to an active downmix coding scheme, wherein the primary
downmix channel is obtained by applying the input downmixing gains to the primary input

audio channel and the side channels and then adding the channels together.

23. A system comprising:

one Or More Processors, and
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a non-transitory computer-readable medium storing instructions that, upon execution
by the one or more processors, cause the one or more processors to perform operations

according to any of claims 1-22.

24. A non-transitory computer-readable medium storing instructions that, upon execution by
one or more processors, cause the one or more processors to perform operations according to

any of claims 1-22.
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