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Apparatus, Method, or Computer Program for Processing an Encoded Audio Scene

using a Parameter Smoothing

Description

The present invention relates to audio processing and, particularly, to the processing of an
encoded audio scene for the purpose of generating a processed audio scene for rendering,

transmission of storing.

Traditionally, audio applications that provide the means for user communication like
telephony or teleconferencing have been mainly constricted to mono recording and
playback. In recent years, however, the advent of new immersive VR/AR technology has
also led to rising interest in spatial rendering of communication scenarios. In order to meet
this interest a new 3GPP audio standard called Immersive Voice and Audio Services (IVAS)
is currently in development. Based on the recently released Enhanced Voice Services
(EVS) standard IVAS provides multi-channel and VR extensions capable of rendering
immersive audio scenes, for e.g. spatial teleconferencing, while still meeting the low-delay
requirements of smooth audio communication. This ongoing need to keep the overall delay
of the codec to a minimum without sacrificing playback quality provides the motivation for

the work described in the following.

Coding Scene-based Audio (SBA) material - like 3-order Ambisonics content - with a
system that uses parametric audio coding - like Directional Audio Coding (DirAC) [1] [2] - at
low bitrates (e.g. 32 kbps and below) only allows for a single (transport) channel to be coded
directly while restoring the spatial information via side parameters at the decoder in a filter-
bank domain. In cases where the speaker setup at the decoder is only capable of stereo
playback the full restoration of the 3D audio scene is not needed. For higher bitrates coding
of 2 transport channels or more is possible, so in those cases a stereophonic reproduction
of the scene can be directly extracted and played back without any parametric spatial
upmixing (skipping the spatial renderer entirely) and the extra delay that goes along with it
(due to an additional filter-bank analysis/synthesis like the Complex-valued Low-Delay
Filter-Bank (CLDFB), for example). However, in the low-rate cases with only one transport
channel this is not possible. Thus, in the case of DirAC, until now an FOA (First Order
Ambisonics) upmix with following L/R conversion was necessary for stereo output. This is

problematic because this case is now at a higher overall delay than other possible stereo
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output configurations in the system and an alignment of all stereo output configuration would

be desirable.

Example of DirAC stereo rendering with high delay

Fig. 12 shows an example of a block diagram of a conventional decoder processing for a

DirAC stereo upmix with a high delay.

For example, at the encoder, which is not depicted, a single downmix channel is derived via
spatial downmixing in the DirAC encoder processing and subsequently coded with a core
coder like the Enhanced Voice Services (EVS) [3].

At the decoder, for example, using the conventional DirAC upmix process pictured in
Fig. 12, the one available transport channel will first be decoded by using the mono or IVAS
mono decoder 1210 from the bitstream 1212, resulting in a time-domain signal that can be

seen as a decoded mono downmix 1214 of the original audio scene.

The decoded mono signal 1214 is input to the CLDFB 1220, for analyzing the signal 1214
(converting the signal into the frequency domain) which causes a delay. The significantly
delayed output signal 1222 is into to the DirAC renderer 1230. The DirAC renderer 1230
processes the delayed output signal 1222 and a transmitted side information, namely DirAC
side parameters 1213, are used to transform the signal 1222 into a FOA representation,
namely a FOA upmix 1232 of the original scene with restored spatial information from the

DirAC side parameters 1213.

The transmitted parameters 1213 may comprise directional angles, for example one
azimuth value for the horizontal plane and one elevation angle for the vertical plane, and
one diffuseness value per frequency band to perceptually describe the overall 3D audio
scene. Due to the bandwise processing of the DirAC stereo upmix the parameters 1213 are
sent multiple times per frame, namely one set for each frequency band. Additionally, each
set comprises multiple directional parameters for individual subframes within overall frame

(of e.g. 20ms length) to increase time resolution.

The result of the DirAC renderer 1230 can be, for example, a full 3D scene in FOA format,
namely the FOA upmix 1232, which can now be turned, using matrix transformations 1240,

into an L/R signal 1242 suitable for playback on a stereo speaker setup. In other words, the
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L/R signal 1242 can be input to a stereo speaker or can be input to the CLDFB synthesis
1250, which is using predefined channel weights. The CLDFB synthesis 1250 converts the
input two output channels (L/R signal 1242) in the frequency domain into the time domain,

resulting in an output signal 1252 ready for stereo playback.

Alternatively, it is possible to use the same DirAC stereo upmix to directly generate the
rendering for a stereo output configuration, which avoids the intermediate step of generating
a FOA signal. This will reduce the algorithmic complexity for a potential complexification of
the framework. Nevertheless, both approaches require the use of an additional filter bank
after the core coding, which results in an additional delay of 5 ms. A further example of

DirAC rendering can be found in [2].

The DirAC stereo upmix approach is rather suboptimal both in terms of delay and in terms
of complexity. Due to the use of the CLDFB filter bank the output is significantly delayed (in
the DirAC example by an additional 5 ms) and has therefore the same overall delay as the
full SBA upmix (compared the delay of a stereo output configuration where the additional
step of rendering is not required). It is also a reasonable assumption that doing a full SBA

upmix to generate a stereo signal is not ideal regarding system complexity.

It is an object of the present invention to provide an improved concept for processing an

encoded audio scene.

This object is achieved by an apparatus for processing an encoded audio scene of claim 1,
a method of processing an encoded audio scene of claim 32, or a computer program of

claim 33.

The present invention is based on the finding that, in accordance with a first aspect related
to a parameter conversion, an improved concept for processing an encoded audio scene is
obtained by converting the given parameters in the encoded audio scene related to a virtual
listener position into converted parameters related to a channel representation of a given
output format. This procedure provides high flexibility in processing and finally rendering the

processed audio scene in a channel-based environment.

An embodiment according to the first aspect of the present invention comprises an
apparatus for processing an encoded audio scene representing a sound field related to a

virtual listener position, the encoded audio scene comprising information on a transport
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signal, for example a core encoded audio signal, and a first set of parameters related to the
virtual listener position. The apparatus comprises a parameter converter for converting the
first set of parameters, for example, Directional Audio Coding (DirAC) side parameters in
B-format or First Order Ambisonics (FOA) format, into a second set of parameters, for
example, stereo parameters related to a channel representation comprising two or more
channels for a reproduction at predefined spatial positions for the two or more channels and
an output interface for generating a processed audio scene using the second set of

parameters and the information on the transport signal.

In an embodiment a Short-Time Fourier Transform (STFT) filterbank is used for upmixing
rather than a Directional Audio Coding (DirAC) renderer. Thus, it becomes possible to upmix
one downmix channel (included in the bitstream) into a stereo output without any additional
overall delay. By using windows with very short overlaps for the analysis at the decoder, the
upmixing allows to stay within an overall delay needed for communications codecs or the
upcoming Immersive Voice and Audio Services (IVAS). This value can be, for example,
32 milliseconds. In such embodiments any post processing for the purpose of bandwidth
extension can be avoided, because such a processing can be done in parallel with the

parameter conversion or parameter mapping.

By mapping the listener-specific parameters for low band (LB) signals, into a set of channel-
specific stereo parameters for the low band, a low-delay upmixing for the low band within
the DFT domain can be achieved. For the high band, a single set of stereo parameters
allows to perform the upmix in the high band in the time domain, preferable in parallel to the

spectral analysis, spectral upmixing and spectral synthesis for the low band.

Exemplarily, the parameter converter is configured to use a single side gain parameter, for
panning and a residual prediction parameter that is closely related to the stereo width and

also closely related to the diffuseness parameter used in Directional Audio Coding (DirAC).

This “DFT-Stereo” approach allows, in an embodiment, that the IVAS codec stays within
the same overall delay as in EVS, particularly 32 milliseconds, in case of processing an
encoded audio scene (Scene Based Audio) to obtain a stereo output. By implementing a
straightforward processing via the DFT-Stereo instead of spatial DirAC rendering, a lower

complexity of parametric stereo upmix is achieved.
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The present invention is based on the finding that, in accordance with a second aspect
relating to bandwidth extension, an improved concept for processing an encoded audio

scene is obtained.

An embodiment according to the second aspect of the present invention comprises an
apparatus for processing an audio scene representing a sound field, the audio scene
comprising information on a transport signal and a set of parameters. The apparatus further
comprises an output interface for generating a processed audio scene using the set of
parameters and the information on the transport signal, wherein the output interface is
configured to generate a raw representation of two or more channels using the set of
parameters and the transport signal, a multichannel enhancer for generating an
enhancement representation of the two or more channels using the transport signal and a
signal combiner for combining the raw representation of the two or more channels and the
enhancement representation of the two or more channels to obtain the processed audio

scene.

The generation of the raw representation of the two or more channels on the one hand and
the separate generation of the enhancement representation of the two or more channels on
the other hand allow great flexibility in selecting algorithms for the raw representation and
the enhancement representation. The final combination already takes place for each of the
one or more output channels, i.e., in the multichannel output domain rather than in a lower
channel input or encoded scene domain. Hence, subsequent to the combining, the two mor
more channels are synthesized and can be used for further procedures such as rendering,

transmission or storage.

In an embodiment a part of the core processing, such as a bandwidth extension (BWE) of
the Algebraic Code-Exited Linear Prediction (ACELP) speech coder for the enhancement
representation can be performed in parallel to the DFT-Stereo processing for the raw
representation. Thus, any delays incurred by both algorithms do not accumulate, but only
the given delay incurred by one algorithm will be the final delay. In an embodiment, only the
transport signal, for example, the lowband (LB) signal (channel), is input into the output
interface, for example, the DFT-Stereo processing, while the highband (HB) is upmixed
separately in the time domain, for example by using the multichannel enhancer, so that
stereo decoding can be processed within the target time window of 32 milliseconds. By

using a broad band panning, for example, based on the mapped side gains, for example,
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from the parameter converter, a straight time domain upmix for the whole high band is

obtained without any significant delay.

In an embodiment, the reduced delay in the DFT-Stereo may not result entirely from the
differences in the overlap of the two transformations, for example, the transformation delay
of 5 ms caused by the CLDFB and the transformation delay of 3,125 ms caused by the
STFT. Instead, the DFT-Stereo takes advantage of the fact that the last 3,25 ms from the
32 ms EVS coder target delay essentially come from the ACELP BWE. Everything else (the
rest of milliseconds until the EVS coder target delay is reached) is simply artificially delayed
to achieve alignment of the two transformed signals (HB stereo upmix signal and the HB
filling signal with the LB stereo core signal) again at the end. Therefore, in order to avoid
additional delay in the DFT-Stereo, only all other components of the encoder are
transformed, for example, within a very short DFT window overlap, while the ACELP BWE,
for example using the multichannel enhancer, is mixed up almost delay-free in the time

domain.

The present invention is based on the finding that, in accordance with a third aspect relating
to parameter smoothing, an improved concept for processing an encoded audio scene is
obtained by performing a parameter smoothing with respect to time in accordance with a
smoothing rule. Thus, the processed audio scene obtained by applying the smoothed
parameters rather than the raw parameters to the transport channel(s) will have an
improved audio quality. This is particularly true, when the smoothed parameters are upmix
parameters, but for any other parameters such as envelope parameters or LPC parameters
or noise parameters or scale factor parameters, the usage or the smoothed parameters as
obtained by the smoothing rule will result in an improved subjective audio quality of the

obtained processed audio scene.

An embodiment according to the third aspect of the present invention comprises an
apparatus for processing an audio scene representing a sound field, the audio scene
comprising information on a transport signal and a first set of parameters. The apparatus
further comprises a parameter processor for processing the first set of parameters to obtain
a second set of parameters, wherein the parameter processor is configured to calculate at
least one raw parameter for each output time frame using at least one parameter of the first
set of parameters for the input time frame, to calculate a smoothing information such as a
factor for each raw parameter in accordance with a smoothing rule, and to apply a

corresponding smoothing information to the corresponding raw parameter to derive the
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parameter of the second set of parameters for the output time frame and an output interface
for generating a processed audio scene using the second set of parameters and the

information on the transport signal.

By smoothing the raw parameters over time, strong fluctuations in the gains or parameters
from one frame to the next are avoided. The smoothing factor determines the strength of
the smoothing, which is calculated adaptively in preferred embodiments, by the parameter
processor that has, in embodiments also the functionality of a parameter converter for
converting listener position related parameters into channel related parameters. The
adaptive calculation allows to obtain a quicker response whenever the audio scene changes
suddenly. The adaptive smoothing factor is calculated bandwise from the change of
energies in the current band. The bandwise energies are computed in all subframes
included in a frame. In addition, the change of energies over time characterized by two
averages, a short-term average and a long-term average, so that extreme cases have no
effect on the smoothing, while a less rapid increase in energy does not decrease smoothing
so strongly. Thus, the smoothing factor is calculated for each of the DTF-Stereo subframe

in the current frame from the quotient of the averages.

It is to be mentioned here that all alternatives or aspects as discussed before and as
discussed subsequently can be used individually, i.e., without any aspect. However, in other
embodiments, two or more of the aspects are combined with each other and, in other
embodiments, all aspects are be combined to each other to obtain an improved compromise

between an overall delay, an achievable audio quality, and a required implementation effort.

Preferred embodiments of the present invention are subsequently discussed with respect

to the attached drawings, in which:

Fig. 1 is a block diagram of an apparatus for processing an encoded audio scene using

a parameter converter according to an embodiment;

Fig. 2a illustrates a schematic diagram for the first set of parameters and for the second

set of parameters according to an embodiment;

Fig. 2b is an embodiment of a parameter converter or parameter processor for

calculating a raw parameter,
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is an embodiment of a parameter converter or parameter processor for

combining raw parameters;

is an embodiment of a parameter converter or parameter processor for

performing a weighted combination of raw parameters;

is an embodiment of a parameter converter for generating side gain parameters

and residual prediction parameters;

is an embodiment of a parameter converter or parameter processor for

calculating a smoothing factor for a raw parameter;

is an embodiment of a parameter converter or parameter processor for

calculating a smoothing factor for a frequency band;

illustrates a schematic diagram of averaging a transport signal for the smoothing

factor according to an embodiment;

is an embodiment of a parameter converter parameter processor for calculating

a recursive smoothing;

is an embodiment of an apparatus for decoding a transport signal,

is an embodiment of an apparatus for processing an encoded audio scene using

a bandwidth extension;

is an embodiment of an apparatus for obtaining a processed audio scene;

is a block diagram of an embodiment of a multichannel enhancer;

is a block diagram of a conventional DirAC stereo upmix process;

is an embodiment of an apparatus for obtaining a processed audio scene using

a parameter mapping; and
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Fig. 14 is an embodiment of an apparatus for obtaining a processed audio scene using

a bandwidth extension.

Fig. 1 illustrates an apparatus for processing an encoded audio scene 130, for example,
representing a sound field related to a virtual listener position. The encoded audio scene
130 comprises information on a transport signal 122, for example, a bitstream, and a first
set of parameters 112, for example, a plurality of DirAC parameters also included in the
bitstream, which are related to the virtual listener position. The first set of parameters 112
are input into a parameter converter 110 or parameter processor which converts the first
set of parameters 112 into a second set of parameters 114, which are related to a channel
representation comprising at least two or more channels. The apparatus is capable of
supporting different audio formats. Audio signals can be acoustic in nature, picked up by
microphones, or electrical in nature, which are supposed to be transmitted to the
loudspeakers. Supported audio formats can be mono signal, a lowband signal, a highband
signal, a multi-channel signal, a first-order and higher-order Ambisonics components, and

audio objects. The audio scene can also be described by combining different input formats.

The parameter converter 110 is configured to calculate the second set of parameters 114
as parametric stereo or multichannel parameters, for example, two or more channels, which
are input to an output interface 120. The output interface 120 is configured to generate the
processed audio scene 124 by combining the transport signal 122 or the information on the
transport signal and the second set of parameters 114 to obtain a transcoded audio scene
as the processed audio scene 124. Another embodiment comprises upmixing the transport
signal 122 using the second set of parameters 114 into an upmix signal, comprising the two
or more channels. In other words, the parameter converter 120 maps the first set of
parameters 112, for example, used for the DirAC rendering, to the second set of parameters
114. The second set of parameters may comprise a side gain parameter, used for panning,
and a residual prediction parameter that, when applied in the upmixing, results in an
improved spatial image of the audio scene. For example, the parameters of the first set of
parameters 112 may comprise at least one of a direction of arrival parameter, a diffuseness
parameter, a direction information parameter related to a sphere with the virtual listening
position as an origin of the sphere, and a distance parameter. For example, the parameters
of the second set of parameters 114 may comprise least one of a side gain parameter, a
residual prediction gain parameter, an inter-channel level difference parameter, an inter-
channel time difference parameter, an inter-channel phase difference parameter and an

inter-channel coherence parameter.
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Fig. 2a illustrates a schematic diagram for the first set of parameters 112 and for the second
set of parameters 114 according to an embodiment. In particular, a parameter resolution for
both parameters (first and second) is pictured. Each abscissa of the Fig. 2a represents time
and each ordinate of the Fig. 2a represents frequency. As shown in Fig. 2a, the input
timeframe 210, to which the first set of parameters 112 is related, comprises two or more
input time subframes 212 and 213. Directly below, an output time frame 220, to which the
second set of parameters 114 is related is shown in a corresponding diagram related to the
top diagram. This indicates that the output time frame 220 is smaller compared to the input
time frame 210 and that the output time frame 220 is longer compared to an input time
subframe 212 or 213. It is noted, that an input time subframe 212 or 213 and an output time
frame 220 may comprise a plurality of frequencies as a frequency band. The input frequency
band 230 may comprise the same frequencies as the output frequency band 240. According
to embodiments, the frequency bands of the input frequency band 230 and the output

frequency bands 240 may not be connected or correlated to each other.

It is to be noted that a side gain and a residual gain, which are described in Fig. 4, typically
are calculated for frames so that, for each input frame 210, a single side gain and a single
residual gain is calculated. In other embodiments, however, not only a single side gain and
a single residual gain is calculated for each frame, but a group of side gains and a group of
residual gains are calculated for an input time frame 210 where each side gain and each
residual gain are related to a certain input time subframe 212 or 213, for example, of a
frequency band. Thus, in embodiments, the parameter converter 110 calculates, for each
frame of the first set of parameters 112 and the second set of parameters 114, a group of
side gains and a group of residual gains, where the number of the side and the residual
gains for an input time frame 210 is typically equal to the number of input frequency
bands 230.

Fig. 2b shows an embodiment of a parameter converter 110 for calculating 250 a raw
parameter 252 of the second set of parameters 114. The parameter converter 110
calculates the raw parameter 252 for each one of the two or more input time subframes 212
and 213 in a time-subsequent way. For example, the calculation 250 derives for each input
frequency band 230 and time instant (input time subframe 212, 213) a predominant
direction-of-arrival (DOA) of azimuth 6 and a predominant direction-of-arrival of elevation ¢

and diffuseness parameter y.
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For directional components like X, Y and Z, it is given than the first order spherical
harmonics at the center position can be derived by the omni-directional component w(b,n)

and the DirAC parameters using the following equations:

W (b,n) = /(A — (b, m)w(b,n)
X(b,m) = /(@ =9k, n))w(b,n)(cos(6 (b, n)) cos((b,n)))
Y(b,n) = /A =k, n))w(b, n)(sin(0 (b, n)) cos(p (b, n)))
Z(b,n) = (1 = (b, n))w (b, n)(sin(p (b, n)))

The W channel represents a non-directional mono component of the signal, corresponding
to the output of an omnidirectional microphone. The X, Y and Z channels are the directional
components in three dimensions. From these four FOA channels it is able to obtain a stereo
signal (stereo version, stereo output) by a decoding involving the W channel and the Y
channel, using the parameter converter 110, which leads to two cardioids pointing to the
azimuth angles + 90 degrees and — 90 degrees. Due to that fact, the following equation
shows the relation of the stereo signal, left and right, in which by adding the Y channel to
the W channel the left channel L is represented and in which by subtraction the Y channel

from the W channel the right channel R is represented.

{L=W+Y
R=W-Y

In other words, this decoding corresponds to a first order beamforming pointed the two

directions, which can be expressed using the following equation:
L/R = W + cos(0) cos(p) X + sin(6) cos(¢) Y + sin(¢)Z

Consequently, there is a direct link between stereo output (the left channel and the right

channel) and the first set of parameters 112, namely the DirAC parameters.

But, on the other hand the second set of parameters 114, namely the DFT parameters relies
on the model of a left L channel and a right R channel based on a mid-signal M and a side

signal S, which can be expressed using the following equation:

#=M+S
R=M-35
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Here, M is the transmitted as a mono signal (channel) which corresponds to the omni-
directional channel Win case of Scene Based Audio (SBA) mode. Furthermore, in the DFT

stereo S is predicted from M using a side gain parameter, which is explained in the following.

Fig. 4 shows an embodiment of the parameter converter 110 for generating the side gain
parameters 455 and the residual prediction parameters 456, for example, using a
calculation process 450. The parameter converter 110 preferably processes the
calculation 250 and 450 for calculating the raw parameter 252, for example, the side

parameter 455 for the output frequency band 241 using the following equation:

) cos (elevation[b] * 17;0)

sidegain[b] = sin (azimuth[b] * 17;0
According to the equation, b is the output frequency band, sidegain is the side gain
parameter 455, azimuth is an azimuth component of the direction of arrival parameter, and
elevationis an elevation component of the direction of arrival parameter. As shown in Fig. 4,
the first set of parameters 112 comprises the direction of arrival (DOA) parameters 456, for
an input frequency band 231 as described before, and the second set of parameters 114
comprises a side gain parameter 455 per input frequency band 230. However, if the first set
of parameters 112 additionally comprises the diffuseness parameter g 453 for the input
frequency band 231, the parameter converter 110 is configured to calculate 250 the side

gain parameter 455 for the output frequency band 241 using the following equation:

d bl = J1 = diff(b)si ; hib il l ion|b il
si egaln[ ]_ 1 — lff( )Sln (aZlmut [ ]* 180) COS (e evatlon[ ]* 180)

According to the equation, diff(b) is the diffuseness parameter y 453 for the input frequency
band b 230. It is to be noted, that the directional parameters 456 of the first set of
parameters 112 may comprise different value ranges, for example, the azimuth
parameter 451 are [0;360], the elevation parameter 452 are [0;180] and the resulting side
gain parameter 455 are [-1;1]. As shown in Fig. 2c, the parameter converter 110 combines,
using the combiner 260, at least two raw parameters 252, so that a parameter of the second

set of parameters 114, related to the output time frame 220, is derived.

According to an embodiment, the second set of parameters 114 further comprises the

residual prediction parameter 456 for an output frequency band 241 of the output frequency
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bands 240, which is shown in Fig. 4. The parameter converter 110 may use, as the residual
prediction parameter 456 for the output frequency band 241, the diffuseness
parameter g 453 from the input frequency band 231 as illustrated by the residual selector
410. If the input frequency band 231 and the output frequency band 241 are equal to each
other, then the parameter converter 110 uses the diffuseness parameter Y 453 from the
input frequency band 231. From the diffuseness parameter y 453 for the input frequency
band 231, a diffuseness parameter @ 453 for the output frequency band 241 is derived, and
the diffuseness parameter g 453 is used for the output frequency band 241 as the residual
prediction parameter 456 for the output frequency band 241. Then the parameter converter

110 may use the diffuseness parameter y 453 from the input frequency band 231.

In the DFT stereo processing, the residual of the prediction, using the residual selector 410,
is supposed and expected to be incoherent and is modelled by its energy and decorrelating
residual signals going to the Left L and Right R. The residual of the prediction of the side

signal S with the mid-signal M as the mono signal (channel) can be expressed as:

R(b) = S(b) — sidegain[b]M(b)

Its energy is modelled in the DFT stereo processing using a residual prediction gain using

the following equation:

IR(B)||? = residual prediction[b]||M(b)||?

Since the residual gain represents the inter-channel incoherence component of the stereo
signal and the spatial width, it is directly linked to the diffuse part modeled by the DirAC.
Therefore, the residual energy can be rewritten as function of the DirAC diffuseness

parameter:

IR(B)II? = (B)IM(B)II?

Fig. 3 shows a parameter converter 110 for performing a weighted combination 310 of raw
parameters 252 according to an embodiment. At least two raw parameters 252 are input to
the weighted combination 310, wherein weighting factors 324 for the weighted
combination 310 are derived based on an amplitude-related measure 320 of the transport
signal 122 in the corresponding input time subframe 212. Furthermore, the parameter

converter 110 is configured to use, as the amplitude-related measure 320, an energy or a
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power value of the transport signal 112 in the corresponding input time subframe 212
or 213. The amplitude-related measure 320 measures the energy or power of the transport
signal 122 in the corresponding input time subframe 212 for example, so that the weighting
factor 324 for that input subframe 212 is greater in case of a higher energy or power of the
transport signal 122 in the corresponding input time subframe 212 compared to a weighting
factor 324 for an input subframe 212 having a lower energy or power of the transport

signal 122 in the corresponding input time subframe 212.

As described before, the directional parameters, azimuth parameters and elevation
parameters, have corresponding value ranges. However, the directional parameters of the
first set of parameters 112 usually have a higher time resolution than the second set of
parameters 114, which means that two or more azimuth and elevation values have to be
used for the computation of one side gain value. According to an embodiment, the
computation is based on energy-dependent weights, which can be obtained as an output of
the amplitude related measure 320. For example, for all K input time subframes 212

and 213 the energy nrg of the subframe is calculated using the following equation:

where x is the time domain input signal, N the number of samples in each subframe and i
the sample index. Furthermore, for each output time frame [ 230 weights 324 can then be
computed for the contribution of each input time subframe k 212, 213 inside each output

time frame [ as:

k
weightlk] = #n[rg]][k]

The side gain parameters 455 are then ultimately computed using the following equation:

side[l][b] = 2 weightlk] * \/1 — dif f(b) sin (azi[k] [b] * 17;0) cos (ele[k] [b] * 1—20)
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Due to similarity between the parameters, the diffuseness parameter 453 per band is
directly mapped to the residual prediction parameter 456 of all subframes in the same band.

The similarity can be expressed with the following equation:

residual prediction[l][b] = dif fuseness|[b]

Fig. 5a shows an embodiment of a parameter converter 110 or parameter processor for
calculating a smoothing factor 512 for each raw parameter 252 in accordance with a
smoothing rule 514. Furthermore, the parameter converter 110 is configured to apply the
smoothing factor 512 (a corresponding smoothing factor for one raw parameter) to the raw
parameter 252 (the one raw parameter corresponding to the smoothing factor) to derive the
parameter of the second set of parameters 114 for the output time frame 220, namely the

parameter of the output time frame.

Fig. 5b shows an embodiment of a parameter converter 110 or parameter processor for
calculating a smoothing factor 522 for a frequency band using a compression function 540.
The compression function 540 may be different for different frequency bands, so that a
compression strength of the compression function 540 is stronger for a lower frequency
band than for a higher frequency band. The parameter converter 110 is further configured
to calculate the smoothing factor 512, 522 using a maximum bound selection 550. In other
words, the parameter converter 110 may obtain the smoothing factor 512, 522 by using
different maximum bounds for different frequency bands, so that a maximum bound for a

lower frequency band is higher than a maximum bound for a higher frequency band.

Both, the compression function 540 and the maximum bound selection 550 are input to the
calculation 520 obtaining the smoothing factor 522 for the frequency band 522. For
example, the parameter converter 110 is not limited to use two calculations 510 and 520 for
calculating the smoothing factors 512 and 522, so that the parameter converter 110 is
configured to calculate the smoothing factors 512, 522 using only one calculation block,
which can output the smoothing factors 512 and 522. In other words, the smoothing factor
is calculated bandwise (for each raw parameter 252) from the change of energies in the
current frequency band. For example, by using the parameter smoothing process, the side
gain parameter 455 and the residual prediction parameter 456 are smoothed over time to
avoid strong fluctuations in the gains. As this requires a relatively strong smoothing most of

the time but requires a quicker response whenever the audio scene 130 changes suddenly,
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the smoothing factor 512, 522 determining the strength of the smoothing is calculated

adaptively.

Therefore, bandwise energies nrg are computed in all subframes k using the following

equation:

nrglk][b] = \} 2 Xreat[i]* + Ximag [i]

iinb

where x are the frequency bins of the DFT-transformed signal (real and imaginary) and i is

the bin index over all bins in the current frequency band b.

To capture the change of energies over time two averages, one short-term average 331
and one long-term average 332, are calculated using the amplitude-related measure 320 of

the transport signal 122 as shown in Fig. 3.

Fig. 6 illustrates a schematic diagram of the amplitude-related measure 320 averaging a
transport signal 122 for the smoothing factor 512 according to an embodiment. The x-axis
represents time and the y-axis represents energy (of the transport signal 122). The transport
signal 122 illustrates a schematic part of a sinus function 122. As depictured in Fig. 6 the
second time portion 631 is shorter than the first time portion 632. The change of energies

over the averages 331 and 332 are calculated for each band b according to the following

equation:

avgsnore[b] = gi%OZZth[k] [b]
and

avgionglb] = Ilgio(;lg]\,’::fq[k] [b]

Where Ngpore @and Ny, are the number of previous time subframes k over which the
individual averages are calculated. For example, in this particular embodiment N+ is set

to the value of 3 and Ny, is set to the value of 10.
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Furthermore, the parameter converter or parameter processor 110 is configured to
calculate, using the calculation 510, the smoothing factor 512, 522 based on a ratio between
the long-term average 332 and the short-term average 331. In other words, the quotient of
the two averages 331 and 332 is calculated, so that a higher short-term average indicating
arecentincrease in energy leads to a reduction of smoothing. The following equation shows

the correlation of the smoothing factor 512 and the two averages 331 and 312.

_ avglong [b]
faCsmootn [b] = max <1; WV Genore (]

Due to the fact, that higher long-term averages 332 indicating decreasing energy do not

lead to a reduced smoothing, the smoothing factor 512 is set to the maximum of 1 (for now).

As a result, the above formula limits the minimum of facsmoorn[p] tO % (in this
long

embodiment 0.3). It is, however, necessary for the factor to be close to 0 in extreme cases

which is why the value is transformed from range [%; 1] to range [0; 1] using the following

long

equation:

facsmootn[b] = <facsmooth [5] Nshort>< Niong )

Nlong Nlong - Nshort

In an embodiment, the smoothing is reduced excessively, compared to the smoothing
illustrated before, so that the factor is compressed with a root function towards the value of
1. As stability is particularly important in the lowest bands, the 4th root is used in the

frequency bands b = 0 and b = 1. The equation for the lowest bands is:

facsmootn [b] = 4\/ facsmootn [b]

The equation for all other bands b > 1 performs a compression by a square root function,

using the following equation.

facsmootn [b] = facsmootn [b]
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By applying a square root function for all other bands b > 1, extreme cases, in which the
energy may increase exponentially, become smaller, while a less rapid increase in energy

does not decrease smoothing that strongly.
Furthermore, the maximum smoothing is set depending on the frequency band for the

following equation. It is noted that a factor of 1 would simply repeat the previous value with

no contribution of the current gain.

faCsmootn[b] = min(f acspmoorn [b], bounds[b])

Here, bounds[b] represent a given implementation with 5 bands, that are set according to

the following table:

b bounds[b]
(=frequency (set value per
band) frequency band)
0 0.98

1 0.97

2 0.95

3 0.9

4 0.9

The smoothing factor is calculated for each of the DFT Stereo subframe k in the current

frame.
Fig. 7 shows the parameter converter 110 according to an embodiment using a recursive

smoothing 710 in which, both the side gain parameter g,.[k][b] 455 and the residual

prediction gain parameter g,..q[k][b] 456 are recursively smoothed according to the

following equations:
Iside [k] [b] = facsmooth [k] [b]gside [k - 1] [b] + (1 - facsmooth [k] [b])gside [k] [b]
And

Ypred [k] [b] = facsmooth [k] [b]gpred [k - 1] [b] + (1 - facsmooth [k] [b])gpred [k] [b]
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By combining the parameter for a preceding output time frame 532 weighted by a first
weighting value and a raw parameter 252 for the current output time frame 220 weighted
by a second weighting value, a recursive smoothing 710 over time-subsequent output time
frames for a current output time frame is calculated. In other words, the smoothed parameter
for a current output time frame is calculated so that the first weighting value and the second

weighting value are derived from the smoothing factor for the current time frame.

These mapped and smoothed parameters (gside, Qpred) are input to the DFT Stereo
processing, namely the output interface 120, where the stereo signal (L/R) is generated
from a downmix DMX, the residual prediction signal PRED and the mapped parameters
Isidze @Nd gpreq. FOr example, the downmix DMX is obtained from the downmix by either
Enhanced Stereo Filling, using allpass-filters or by stereo filling, using a delay.

The upmix is described by the following equations:

L{k][PI[i] = (1 + gsiae [KI[LDDMX[K][LI[i] + Gprealkl[P1gnorm PREDK][D][(]

And

RIKIDI] = (1 — gsiae[k1[BDDMX[K1[LI[i] — gprealkl bl gnorm PREDIKI[D][(]

The upmix is processed for each subframe k in all bins i in frequency bands b, which is
described in the previously shown table. Additionally each side gain g.;,. is weighted by an
energy normalization factor g,,,» computed from the energies of the downmix DMX and

the residual prediction gain parameter PRED or g,,.q[k][b] as named above.

The mapped and smoothed side gain 755 and the mapped and smoothed residual gain 756
are input to the output interface 120 for obtaining a smoothed audio scene. Therefore,
processing an encoded audio scene using a smoothing parameter, based on the preceding
description results in an improved compromise between an achievable audio quality and

implementation effort.

Fig. 8 shows an apparatus for decoding a transport signal 122 according to an embodiment.
The (encoded) audio signal 816 is input to the transport signal core decoder 810 for core
decoding the (core encoded) audio signal 816 to obtain the (decoded raw) transport
signal 812, which is input to the output interface 120. For example, the transport signal 122

may be an encoded transport signal 812, which is output from the transport signal core
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encoder 810. The transport signal (decoded) 812 is input into the output interface 120,
which is configured to generate the raw representation 818 of two or more channels, for
example, of the left channel and the right channel, using the set of parameters 814,
comprising the second set of parameters 114. For example, the transport signal core
decoder 810 for decoding the core encoded audio signal to obtain the transport signal 122,
is an ACELP decoder. Furthermore, the core decoder 810 is configured to feed the decoded
raw transport signal 812 in two parallel branches, a first branch of the two parallel branches
comprising the output interface 120, and a second branch of the two parallel branches
comprising the transport signal enhancer 820 or the multichannel enhancer 990 or both.
The signal combiner 940 is configured to receive a first input to be combined from the first

branch and a second input to be combined from the second branch.

As shown in Fig. 9 the apparatus for processing an encoded audio scene 130 may use a
bandwidth extension processor 910. The lowband transport signal 901 is input to the output
interface 120 for obtaining the two-channel lowband representation of the transport signal
972. Itis to be noted that the output interface 120 processes the transport signal 901 in the
frequency domain 955, for example, during the upmixing process 960, and converts the
two-channel transport signal 901 in the time domain 966. This is done by the converter 970,
which converts the upmixed spectral representation 962 that is presenting the frequency
domain 955 into the time domain to obtain the two-channel lowband representation of the

transport signal 972.

As shown in Fig. 8, the single channel lowband transport signal 901 is input to the converter
950, performing, for example, a conversion of a time portion of the transport signal 901
corresponding to an output time frame 220 into a spectral representation 952 of the
transport signal 901, i.e., from the time-domain 966 into the frequency domain 955. For
example, as described in Fig. 2 the portion (of the output time frame) is shorter than the
input time frame 210, in which the parameters 252 of the first set of parameters 112 are

organized.

The spectral representation 952 is input to the upmixer 960 to upmix the spectral
representation 952, using, for example, the second set of parameters 114, to obtain the
upmixed spectral representation 962, which is (still) processed in the frequency domain
955. As indicated before, the upmixed spectral representation 962 is input into the converter
970 for converting the upmixed spectral representation 962, namely each channel of the

two or more channels, from the frequency domain 955 into the time domain 966 (time
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representation) to obtain the lowband representation 972. Thus, the two or more channels
in the upmixed spectral representation 962 are calculated. Preferably, the output interface
120 is configured to operate in a complex discrete Fourier transform domain, wherein the
upmixing operation is performed in the complex discrete Fourier transform domain. The
conversion from the complex discrete Fourier transform domain back into the real-valued
time domain representation is done using the converter 970. In other words, the output
interface 120 is configured to generate a raw representation of the two or more channels
using the upmixer 960 in a second domain, namely the frequency domain 955, wherein the

first domain represents the time domain 966.

In an embodiment, the upmixing operation of the upmixer 960 is based on the following

equation:
i _ (Mese(1+Geb)+TepnormPei)
tk V2
and
B = (Mei(1=Ft5) =Tt InormPi)
tk — \/5 )

wherein Mt_k is the transport signal 901 for the frame t and the frequency bin k, wherein g,
is the side gain parameter 455 for the frame fand the subband b, wherein 7; ;, is the residual
prediction gain parameter 456 for the frame t and the subband b, wherein gnom iS an energy
adjusting factor that can be there or not, and wherein g, is a raw residual signal for the

frame t and the frequency bin k.

The transport signal 902, 122 is processed in the time domain 966, in contrast to the
lowband transport signal 901. The transport signal 902 is input to the bandwidth extension
processor (BWE processor) 910 for generating a highband signal 912, and is input to the
multichannel filter 930 for applying a multichannel filling operation. The highband signal 912
is input to the upmixer 920 for upmixing the highband signal 912 into an upmixed highband
signal 922 using the second set of parameters 144, namely the parameter of the output time
frame 262, 532. For example, the upmixer 920 may apply a broad band panning process in
the time domain 966 to the high band signal 912 using at least one parameter from the

second set of parameters 114.
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The lowband representation 972, the upmixed highband signal 922 and the multichannel
filled transport signal 932 are input to the signal combiner 940 for combining, in the time
domain 966, a result of the broad band panning 922, a result of the stereo filling 932 and
the lowband representation of the two or more channels 972. This combining results in a
full-band multichannel signal 942 in the time domain 966 as the channel representation. As
outlined earlier, the converter 970 converts each channel of the two or more channels in
the spectral representation 962 into a time representation to obtain a raw time
representation of the two or more channels 972. Hence, the signal combiner 940 combines
the raw time representation of the two or more channels and the enhancement time

representation of the two or more channels.

In an embodiment, only the lowband (LB) transport signal 901 is input in the output interface
120 (the DFT Stereo) processing while the highband (HB) transport signal 912 is upmixed
(using the upmixer 920) separately in the time domain. Such a process is implemented via
for a panning operation using the BWE processor 910 plus a time domain stereo filling,
using the multichannel filler 930 for generating an ambience contribution. The panning
process comprises a broad-band panning that is based on the mapped side gains, for
example, a mapped and smoothed side gain 755 per frame. Here, there is only a single
gain per frame covering the complete highband frequency region which simplifies the
calculation of the left and right highband channels from the downmix channel that is based

on the following equations:
HByer[K1[i] = HBamx[K1[i] + gsiaenn k] * HBgmyx [K][i]
and
HByignelk][i] = HBgmy[K][i] — sidegaing, [k] = HB gy [K][i]
for every sample i in each subframe k.
The highband stereo filling signal PRED,,, namely the multichannel filled transport
signal 932 is obtained by delaying the HBy,, and weighting same by gsigenp and

additionally using an energy normalization factor g,,,, as described in the following

equations:

PREDhb,left[i] = Gpred,hb * Inorm * HB gmx [i - d]
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and

PREDhb,right [l] = —ZGpred,hb * norm * HBgmx [i - d]

for every sample i in the current time frame (done on a full time frame 210, not on time
subframes 213 and 213). d is the number of samples by which the highband downmix is
delayed for the generating the filling signal 932 obtained by the multichannel filler 930. Other
ways for generating the filling signal apart from delaying can be performed such as a more
advanced decorrelation processing or the usage of a noise signal or any other signal

derived from the transport signal in a different way compared to a delay.

Both the panned stereo signal 972 and 922 and the generated stereo filling signal 932 are
combined (mixed back) to the core signal after the DFT synthesis using the signal

combiner 940.

This described process of the ACELP highband is also in contrast to the higher-delay DirAC
processing where the ACELP core and the TCX frames are artificially delayed so as to be
aligned with the ACELP highband. There, the CLDFB (analysis) is performed on the
complete signal, which means, the upmix of the ACELP highband is also done in the CLDFB

domain (frequency domain).

Fig. 10 shows an embodiment of an apparatus for obtaining a processed audio scene 124.
The transport signal 122 is input to the output interface 120 for generating the raw
representation of two or more channels 972, using the second set of parameters 114 and
the multichannel enhancer 990 for generating an enhancement representation 992 of the
two or more channels. For example, the multichannel enhancer 990 is configured to perform
at least one operation of a group of operations comprising a bandwidth extension operation,
a gap filling operation, a quality enhancement operation, or an interpolation operation. Both,
the raw representation of the two or more channels 972 and the enhancement
representation 992 of the two or more channels are input to the signal combiner 940 to

obtain the processed audio scene 124.

Fig. 11 shows a block diagram of an embodiment of a multichannel enhancer 990 for
generating the enhancement representation 992 of the two or more channels comprising a

transport signal enhancer 820, an upmixer 830 and the multichannel filler 930. The transport
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signal 122 and/or the decoded raw transport signal 812 are/is input the transport signal
enhancer 820 generating an enhancement transport signal 822, which is input to the
upmixer 830 and the multichannel filler 930. For example, the transport signal enhancer 820
is configured to perform at least one operation of a group of operations comprising a
bandwidth extension operation, a gap filling operation, a quality enhancement operation, or

an interpolation operation.

As seenin Fig. 9 the multichannel filler 930 generates the multichannel filled transport signal
932 using the transport signal 902 and at least one parameter 532. In other words, the
multichannel enhancer 990 is configured for generating an enhancement representation of
the two or more channels 992 using the enhancement transport signal 822 and the second
set of parameters 114 or using the enhancement transport signal 822 and the upmixed
enhancement transport signal 832. For example, multichannel enhancer 990 comprises
either the upmixer 830 or a multichannel filler 930 or both the upmixer 830 or the
multichannel filler 930 for generating the enhancement representation 992 of the two or
more channels using the transport signal 122 or the enhancement transport signal 933 and
at least one parameter of the second set of parameters 532. In an embodiment the transport
signal enhancer 820 or the multichannel enhancer 990 is configured to operate in parallel
with the output interface 120 when generating the raw representation 972 or the parameter

converter 110 is configured to operate in parallel with the transport signal enhancer 820.

I In Fig. 13, the bitstream 1312 that is transmitted from an encoder to a decoder may be the
same as in the DirAC-based upmixing scheme shown in the Fig. 12. The single transport
channel 1312 derived from a DirAC-based spatial downmixing process is input into the core
decoder 1310 and decoded with the core decoder, for example an EVS or IVAS mono

decoder, and is transmitted along with the corresponding DirAC side parameters 1313.

In this DFT Stereo approach for processing an audio scene with no extra delay, the initial
decoding in the mono core decoder (IVAS mono decoder) of the transport channel also
remains unchanged. Instead of going through a CLDFB filterbank 1220 from Fig. 12, the
decoded downmix signal 1314 is input to the DFT analysis 1320, for transforming the
decoded mono signal 1314 to STFT domain (frequency domain), such as by using windows
with very short overlap. Thus, the DFT analysis 1320 does not cause any additional delay
with respect to the targeted system delay of 32 ms only using the remaining headroom
between overall delay and what is already caused by the MDCT analysis/synthesis of the

core decoder.
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The DirAC side parameters 1313or the first set of parameters 112 are input to the parameter
mapping 1360, which for example can comprise the parameter converter 110 or parameter
processor for obtaining the DFT Stereo side parameters, namely the second set of
parameters 114. The frequency domain signal 1322 and the DFT side parameters 1362 are
input to the DFT Stereo decoder 1330 for generating a stereo upmix signal 1332, for
example, by using the upmixer 960 described in Fig. 9. The two channels of the stereo
upmix 1332 are input to the DFT synthesis, for converting the stereo upmix 1332 from the
frequency domain into the time domain, for example, using the converter 970 described in
Fig. 9 resulting in the output signal 1342, which may represent the processed audio scene
124.

Fig. 14 shows an embodiment for processing an encoded audio scene using a bandwidth
extension 1470. The bitstream 1412 is input into an ACELP core or lowband decoder 1410
instead of an IVAS mono decoder as described in Fig. 13 for generating a decoded lowband
signal 1414. The decoded lowband signal 1414 is input to the DFT analysis 1420 for
converting the signal 1414 into a frequency domain signal 1422, for example, the spectral
representation 952 of the transport signal 901 from Fig. 9. The DFT Stereo decoder 1430
may represent the upmixer 960, which generates an LB stereo upmix 1432 using the
decoded lowband signal 1442 in frequency domain and the DFT Stereo side parameters
1462 from the parameter mapping 1460. The generated LB stereo upmix 1432 is input to
the DFT synthesis block 1440 for performing a conversion into the time domain, using for
example, the converter 970 of the Fig. 9. The low band representation 972 of the transport
signal 122, namely the output signal 1442 of the DFT synthesis stage 1440 is input to the
signal combiner 940 combining the upmixed highband stereo signal 922 and the
multichannel filled highband transport signal 932 and the lowband representation of the

transport signal 972 resulting in the fullband multichannel signal 942.

The decoded LB signal 1414 and the parameters 1415 for the BWE 1470 are input into the
ACELP BWE decoder 910 for generating a decoded highband signal 912. The mapped side
gains 1462, for example, the mapped and smoothed side gains 755 for the lowband spectral
region are input to the DFT Stereo block 1430, and the mapped and smoothed single side
gain for the whole highband are forwarded to the highband upmix block 920 and the stereo
filling block 930. The HB upmix block 920 for upmixing the decoded HB signal 912 using
the highband side gain 1472, such as the parameters 532 of the output time frame 262 from

the second set of parameters 114 generates the upmixed highband signal 922. The Stereo
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filling block 930 for filling the decoded highband transport signal 912, 902 uses the
parameters 532, 456 of the output time frame 262 from the second set of parameters 114

and generates the highband filled transport signal 932.

To conclude, embodiments according to the invention create a concept for processing an
encoded audio scene using a parameter conversion, and/or using a bandwidth extension
and/or using a parameter smoothing that result in an improved compromise between an

overall delay, achievable audio quality, and implementation effort.

Subsequently, further embodiments of the inventive aspects and particularly of a
combination of the inventive aspects are illustrated. The proposed solution to achieve a low-
delay upmix is by using a parametric stereo approach e.g. the approach described in [4]
using Short-Time Fourier Transform (STFT) filterbanks rather than the DirAC renderer. In
this “DFT-Stereo” approach an upmix of one downmix channel into a stereo output is
described. The advantage of this method is that windows with very short overlaps are used
for the DFT analysis at the decoder that allow to stay within much lower overall delay
needed for communications codecs like EVS [3] or the upcoming IVAS codec (32ms). Also,
unlike the DirAC CLDFB, the DFT Stereo processing is not a post-processing step to the
core coder but runs in parallel with a part of the core processing, namely the bandwidth
extension (BWE) of the Algebraic Code-Excited Linear Prediction (ACELP) speech coder
without exceeding this already given delay. In relation to the 32 ms delay of EVS the DFT
Stereo processing can therefore be called delay-less as it operates at the same overall
coder delay. DirAC, on the other hand, can be seen as a post-processor that causes 5

additional ms of delay due to the CLDFB extending the overall delay to 37 ms.

Generally, a gain in delay is achieved. A low-delay is coming from a processing step that
happens in parallel with the core processing, whereas an exemplary CLDFB version is a

post processing step to do the needed rendering that comes after the core coding.

Unlike DirAC, DFT Stereo makes use of the artificial delay of 3.25 ms for all components
except the ACELP BWE by only transforming those components into DFT domain using
windows with a very short overlap of 3.125 ms that fit into the available headroom without
causing more delay. Thus, only TCX and ACELP without BWE are upmixed in frequency
domain, while the ACELP BWE is upmixed in time domain by a separate delay-less

processing step called Inter-Channel Bandwidth Extension (ICBWE) [5]. In the special
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stereo output case of the given embodiment this time-domain BWE processing is slightly

altered which will be described towards the end of the embodiment.

The transmitted DirAC parameters cannot be used directly for a DFT Stereo upmix. A
mapping of the given DirAC parameters to corresponding DFT Stereo parameters becomes
therefore necessary. While DirAC uses azimuth and elevation angles for spatial placement
along with a diffuseness parameter, DFT Stereo has a single side gain parameter used for
panning and a residual prediction parameter that is closely related to the stereo width and
therefore to the diffuseness parameter of DirAC. In terms of parameter resolution each
frame is divided in to two subframes and several frequency bands per subframe. Side and

residual gain as used in DFT Stereo are described in [6].

DirAC parameters are derived from the band-wise analysis of the audio scene originally in
B-format or FOA. It then derives for each band kand time instant n a predominant direction-
of-arrival of azimuth 6(b.n) and of elevation ¢(b,n) and diffuseness factor (b, n). For
directional components it is given than the first order spherical harmonics at the center
position can be derived by the omni-directional component w(bh,n) and the DirAC

parameters:

W (b,n) = /(1 — (b, m)w(b,n)
X(b,m) = /(@ =9k, n))w(b,n)(cos(6 (b, n)) cos((b,n)))
Y(b,n) = /A =k, n))w(b, n)(sin(0 (b, n)) cos(p (b, n)))
Z(b,n) = /(1 — (b, n))w(b, n)(sin(p(b,n)))

Moreover, from the FOA channels it is possible to get a stereo version by a decoding
involving W and Y, which leads to two cardioids pointing to the azimuth angles + 90 and —

90 degrees.

{L=W+Y
R=W-Y

This decoding correspond to a first order beamforming pointed the two directions.

L/R = W + cos(0) cos(p) X + sin(6) cos(¢) Y + sin(¢)Z
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Consequently, there is a direct link between stereo output and DirAC parameters. On the
other hand DFT parameters relies on the model of a L and R channels based on a mid-

signal M and a side signal S.

#=M+S
R=M-35

M is the transmitted as mono channel and corresponds to the omni-directional channel W
in case of SBA mode. In DFT stereo S is predicted from M using a side gain, which can

then be expressed using DirAC parameters as follows:

sidegain[b] = /(1 — (b, n)) sin (azimuth[b] * 17;0

) cos (elevation[b] * 17;0)

In DFT stereo, the residual of the prediction is supposed and expected to be incoherent and
is modelled by its energy and decorrelating residual signals going to the Left and Right. The

residual of the prediction of S with M can expressed as:
R(b) = S(b) — sidegain[b]M (b)
And its energy is modelled in DFT stereo using a prediction gains as follows:
IR(B)II> = respred[b]IIM (b)|I?
Since the residual gain represents the inter-channel incoherence component of the stereo
signal and the spatial width, it is directly linked to the diffuse part modeled by DirAC.

Therefore, the residual energy can be rewritten as function of the DirAC diffuseness

parameter:

IRBI? =pBIMD)II?

As the band configuration normally used DFT Stereo is not the same as for DirAC it has to
be adapted to cover the same frequency ranges as the DirAC bands. For those bands the

directional angles of DirAC can then be mapped to a side gain parameter of DFT Stereo via

)cos (elevation[b] . — )

, . = /1= dif f(b)si j ud
sidegain[b] = /1 — dif f(b)sin (ammuth[b] *180 180
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where b is the current band and parameter ranges are [0; 360] for the azimuth, [0; 180] for
the elevation and [—1;1] for the resulting side gain value. However, the directional
parameters of DirAC usually have a higher time resolution than DFT Stereo which means
that 2 or more azimuth and elevation values have to be used for the computation of one
side gain value. One way would be to do an averaging between the subframes but in this
implementation the computation is based on energy-dependent weights. For all K DirAC

subframes the energy of the subframe is calculated as

where x is the time domain input signal, N the number of samples in each subframe and i
the sample index. For each DFT Stereo subframe [ weights can then be computed for the

contribution of each DirAC subframe k inside [ as

k
weightlk] = #n[rg]][k]

The side gains are then ultimately computed as

side[l][b] = 2 weightlk] * \/1 — dif f(b) sin (azi[k] [b] * 17;0) cos (ele[k] [b] * 1—20)

Due to similarity between the parameters the one diffuseness value per band is directly

mapped to the residual prediction parameter of all subframes in the same band
respred[l][b] = dif fuseness[b]

Additionally, the parameters are smoothed over time to avoid strong fluctuations in the
gains. As this requires a relatively strong smoothing most of the time but requires a quicker
response whenever the scene changes suddenly, the smoothing factor determining the
strength of the smoothing is calculated adaptively. This adaptive smoothing factor is
calculated bandwise from the change of energies in the current band. Therefore, bandwise

energies have to be computed in all subframes k first:



10

15

20

25

30

30
WO 2022/074202 PCT/EP2021/077874

nrglk][b] = \} 2 Xrear[i]? + Ximag [i]
iinb

where x are the frequency bins of the DFT-transformed signal (real and imaginary) and i is

the bin index over all bins in the current band b.

To capture the change of energies over time 2 averages, one short-term and one long-term,

are then computed for each band b according to

Nshort
S nrglkl]lb]
avyshort[b] = =k ON
short
and
Nion
Yo nrglk][b]
avglong[b] ==K ON
long

Where Ngpore @and Ny,pg are the number of previous subframes k over which the individual
averages are calculated. In this particular implementation Ny, is set to 3 and Ny, is set
to 10. The smoothing factor is then calculated from the quotient of the averages so that a

higher short-term average indicating recent increase in energy leads to a reduction of

smoothing:

avglong [b] )
AVYshort [b]

facsmootn [b] = max <1;

Higher long-term averages indicating decreasing energy do not lead to reduced smoothing

so the smoothing factor is set to the maximum of 1 for now.

The above formula limits the minimum of facg,,0cn[P] t0 % (in this implementation 0.3).

long
It is, however, necessary for the factor to be close to 0 in extreme cases which is why the

value is transformed from range [%; 1] to range [0; 1] via

long
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facsmootn[b] = <facsmooth [b] NShO”) < Nlong )

Nlong Nlong - Nshort

For less extreme cases, the smoothing is now reduced excessively, so the factor is
compressed with a root function towards value 1. As stability is particularly important in the

lowest bands, the 4t root is used inbands b=0and b = 1:

faCsmootn [b] = 4\/ faCsmootn [b]

while all other bands b > 1 are compressed by a square root

faCsmootn [b] = facsmootn [b]

This way extreme cases remain close to 0 while a less rapid increase in energy does not
decrease smoothing so strongly.
Finally, the maximum smoothing is set depending on the band (a factor of 1 would simply

repeat the previous value with no contribution of the current gain):

facsmootn[b] = min(f acsmoorn [b], bounds[b])

where bounds[b] in the given implementation with 5 bands are set according to the following
table

bounds[b]
0.98

0.97

0.95

0.9

0.9

Al W N 2] O] T

The smoothing factor is calculated for each DFT Stereo subframe k in the current frame.

In the last step, both side gain and residual prediction gain are recursively smoothed

according to
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Iside [k][b] = facsmootn (k] [b]gside [k —1][p]+ (1 — facsmootn (k] [b])gside [k][p]

And

Ypred [k] [b] = facsmooth [k] [b]gpred [k - 1] [b] + (1 - facsmooth [k] [b])gpred [k] [b]

These mapped and smoothed parameters are now fed to the DFT Stereo processing where
a stereo signal L/R is generated from the downmix DMX, the residual prediction signal
PRED (obtained from the downmix by either “Enhanced Stereo Filling” using allpass-filters
[7] or by regular stereo filling using a delay) and the mapped parameters g,z and gpreq-

The upmix is described in general by the following formulas [6]:

L[k] [b] [l] = (1 + Iside [k] [b])DMX[k] [b] [l] + gpred [k] [b]gnormPRED [k] [b] [l]

And

RIKI[bINE] = (1 = gsiae[K1[DDDMXIKIIDILI] = gprealk1[D1gnorm PREDIK][D][(]

for each subframe k all bins i in bands b. Additionally each side gain g.;,. is weighted by

an energy normalization factor g,,,-m»computed from the energies of DMX and PRED.

Finally, the upmixed signal is transformed back to time domain via IDFT to be played back

on the given stereo setup.

As the “time domain bandwidth extension” (TBE) [8] which is used in ACELP generates its
own delay (in the implementation this embodiment is based on exactly 2.3125 ms) it cannot
be transformed to DFT domain while staying within 32 ms overall delay (where 3.25 ms are
left for the stereo decoder of which the STFT already uses 3.125 ms). Thus, only the
lowband (LB) is put into the DFT Stereo processing indicated by 1450 in Fig. 14, while the
highband (HB) has to be upmixed separately in time domain as shown in block 920 in Fig.
14. In regular DFT Stereo, this is done via Inter-Channel Bandwidth Extension (ICBWE) [5]
for panning plus time domain stereo filling for ambience. In the given case the stereo filling
in block 930 is computed in the same way as in regular DFT Stereo. The ICBWE processing,
however, is skipped entirely due to missing parameters and replaced by a low resources

requiring broad-band panning in block 920 based on the mapped side gains 1472. In the
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given embodiment there is only a single gain covering the complete HB region which
simplifies the calculation of the left and right HB channels in block 920 from the downmix

channel to

HByer[K1[i] = HBamx[K1[i] + gsiaenn k] * HBgmyx [K][i]

And

HBright[k] [l] = HBdmx [k] [l] - Sidegainhb [k] * HBdmx [k] [l]

for every sample i in each subframe k.

The HB stereo filling signal PRED,, is obtained in block 930 by delaying HBg,,, and

weighting by gsige np @nd an energy normalization factor g, as

PREDhb,left[i] = Gpred,nb * Inorm * HB gmx [i - d]

and

PREDhb,right [l] = —ZGpred,hb * norm * HBgmx [i - d]

for every sample i in the current frame (done on full frame, not on subframes) and where d

is the number of samples by which the HB downmix is delayed for the filling signal.

Both the panned stereo signal and the generated stereo filling signal are eventually mixed

back to the core signal after the DFT synthesis in combiner 940.

This special treatment of the ACELP HB is also in contrast to the higher-delay DirAC
processing where the ACELP core and TCX frames are artificially delayed so as to be
aligned with the ACELP HB. There, the CLDFB is performed on the complete signal, i.e. the
upmix of the ACELP HB is also done in the CLDFB domain.

Advantages of the Proposed Method
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No additional delay allows the IVAS codec to stay within the same overall delay as in EVS

(32 ms) for this particular case of SBA input to Stereo output.

Much lower complexity of parametric stereo upmix via DFT than spatial DirAC rendering

due to an overall simpler, more straightforward processing.

Further Preferred Embodiments

1.

before.

Apparatus, method or computer program for encoding or decoding as described

Apparatus or method for encoding or decoding or related computer program,
comprising:

system where input is encoded with a model based on the spatial audio
representation of a sound scene with a first set of parameters and is decoded at
the output with a stereo model for 2 output channels or a multichannel model for
more than 2 output channels with a second set of parameters; and/or

mapping of spatial parameters to stereo parameters; and/or

conversion from input representation/parameters based on one frequency domain
to output representation/parameters based on another frequency domain; and/or
conversion of parameters with higher time resolution to lower time resolution;
and/or

lower output delay due to shorter window overlap of second frequency transform;
and/or

mapping of DirAC parameters (directional angles, diffuseness) to DFT Stereo
parameters (side gain, residual prediction gain) to output SBA DirAC encoded
content as stereo; and/or

conversion from CLDFB based input representation/parameters to DFT based
output representation/parameters; and/or

conversion of parameters with 5ms resolution to parameters with 10ms; and/or
Benefit: lower output delay due to shorter window overlap of DFT compared to
CLDFB.

Itis to be mentioned here that all alternatives or aspects as discussed before and all aspects

as defined by independent claims in the following claims can be used individually, i.e.,

without any other alternative or object than the contemplated alternative, object or
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independent claim. However, in other embodiments, two or more of the alternatives or the
aspects or the independent claims can be combined with each other and, in other
embodiments, all aspects, or alternatives and all independent claims can be combined to

each other.

It is to be outlined that different aspects of the invention relate to a parameter conversion
aspect, a smoothing aspect, and a bandwidth expansion aspect. These aspects can be
implemented separately or independently from each other, or any two aspects of the at least
three aspects can be combined or all three aspects can be combined in an embodiment as

described above.

An inventively encoded signal can be stored on a digital storage medium or a non-transitory
storage medium or can be transmitted on a transmission medium such as a wireless

transmission medium or a wired transmission medium such as the Internet.

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding

block or item or feature of a corresponding apparatus.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
digital storage medium, for example a floppy disk, a DVD, a CD, a ROM, a PROM, an
EPROM, an EEPROM or a FLASH memory, having electronically readable control signals
stored thereon, which cooperate (or are capable of cooperating) with a programmable

computer system such that the respective method is performed.

Some embodiments according to the invention comprise a data carrier having electronically
readable control signals, which are capable of cooperating with a programmable computer

system, such that one of the methods described herein is performed.

Generally, embodiments of the present invention can be implemented as a computer
program product with a program code, the program code being operative for performing
one of the methods when the computer program product runs on a computer. The program

code may for example be stored on a machine readable carrier.
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Other embodiments comprise the computer program for performing one of the methods

described herein, stored on a machine readable carrier or a non-transitory storage medium.

In other words, an embodiment of the inventive method is, therefore, a computer program
having a program code for performing one of the methods described herein, when the

computer program runs on a computer.

A further embodiment of the inventive methods is, therefore, a data carrier (or a digital
storage medium, or a computer-readable medium) comprising, recorded thereon, the

computer program for performing one of the methods described herein.

A further embodiment of the inventive method is, therefore, a data stream or a sequence of
signals representing the computer program for performing one of the methods described
herein. The data stream or the sequence of signals may for example be configured to be

transferred via a data communication connection, for example via the Internet.

A further embodiment comprises a processing means, for example a computer, or a
programmable logic device, configured to or adapted to perform one of the methods

described herein.

A further embodiment comprises a computer having installed thereon the computer program

for performing one of the methods described herein.

In some embodiments, a programmable logic device (for example a field programmable
gate array) may be used to perform some or all of the functionalities of the methods
described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,

the methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art. It is the intent, therefore,
to be limited only by the scope of the impending patent claims and not by the specific details

presented by way of description and explanation of the embodiments herein.
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Claims

Apparatus for processing an audio scene (130) representing a sound field, the audio
scene (130) comprising information on a transport signal (122) and a first set of
parameters (112), the apparatus comprising:

a parameter processor (110) for processing the first set of parameters (112) to obtain
a second set of parameters (114), wherein the parameter processor (110) is
configured

to calculate at least one raw parameter (252) for each output time frame
(220) using at least one parameter of the first set of parameters (112) for the
input time frame (210),

to calculate a smoothing information (512; 522) such as a factor for each raw
parameter (252) in accordance with a smoothing rule, and

to apply a corresponding smoothing information (512; 522) to the
corresponding raw parameter (252) to derive the parameter of the second
set of parameters (114) for the output time frame (220); and

an output interface (120) for generating a processed audio scene (124) using the
second set of parameters (114) and the information on the transport signal (122).

Apparatus of claim 1, wherein the parameter processor (110) is configured

to calculate a long-term average (332) over an amplitude-related measure (320) of
a first time portion of the transport signal (122), and

to calculate a short-term average (331) over an amplitude-related measure (320) of
a second time portion of the transport signal (122), wherein the second time portion
is shorter than the first time portion, and

to calculate the smoothing factor (512; 522) based on a ratio between the long-term
average (332) and the short-term average (331).

Apparatus of claim 1 or 2, wherein the parameter processor (110) is configured to
calculate the smoothing factor (512; 522) for a band using a compression function
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(540), the compression function being different for different frequency bands, and
wherein a compression strength of the compression function is stronger for a lower
frequency band than for a higher frequency band.

Apparatus of one of claims 1 to 3, wherein the parameter processor (110) is
configured to calculate the smoothing factor (512; 522) using different maximum
bounds for different bands, wherein a maximum bound for a lower band is higher
than a maximum bound for a higher band.

Apparatus of one of claims 1 to 4, wherein the parameter processor (110) is
configured to apply, as the smoothing rule, a recursive smoothing rule (710) over
time-subsequent output time frames, so that a smoothed parameter for a current
output time frame (220) is calculated by combining the parameter for a preceding
output time frame (220) weighted by a first weighting value and the raw parameter
(252) for the current output time frame (220) weighted by a second weighting value,
wherein the first weighting value and the second weighting value are derived from
the smoothing factor (512; 522) for the current time frame.

Apparatus of claim1,

wherein the output interface (120) is configured for upmixing the transport signal
(122) using the second set of parameters (114) into an upmix signal comprising the
two or more channels.

Apparatus of claim 1, wherein the output interface (120) is configured to generate
the processed audio scene (124) by combining the transport signal (122) or the
information on the transport signal (122) and the second set of parameters (114) to
obtain a transcoded audio scene as the processed audio scene (124).

Apparatus of one of the preceding claims, wherein the first set of parameters (112)
comprises, for each input time frame (210) of a plurality of input time frames and for
each input frequency band (231) of a plurality of input frequency bands (230), a
parameter related to a virtual listener position such as at least one DirAC parameter,

wherein the parameter processor (110) is configured to calculate the second set of
parameters (114) as parameters related to a channel representation comprising two
or more channels for a reproduction at predefined spatial positions for the two or
more channels such as parametric stereo or multichannel parameters.
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10.

11.

12.

Apparatus of claim 8, wherein the at least one parameter comprises at least one of
a direction of arrival parameter, a diffuseness parameter, a direction information
parameter related to a sphere with the virtual listening position as an origin of the
sphere, and a distance parameter, and

wherein the parametric stereo or multichannel parameters comprise at least one of
a side gain parameter (455), a residual prediction gain parameter (456), an inter-
channel level difference parameter, an inter-channel time difference parameter, an
inter-channel phase difference parameter and an inter-channel coherence
parameter.

Apparatus of one of the preceding claims, wherein an input time frame (210), to
which the first set of parameters (112) is related, comprises two or more input time
subframes, and wherein an output time frame (220), to which the second set of
parameters (114) is related, is smaller than the input time frame (210) and longer
than an input time subframe of the two or more input time subframes, and

wherein the parameter processor (110) is configured to calculate the raw parameter
(252) of the second set of parameters (114) for each one of the two or more input
time subframes being time-subsequent and to combine at least two raw parameters
to derive a parameter of the second set of parameters (114) related to the output
subframe.

Apparatus of claim 10, wherein the parameter processor (110) is configured to
perform a weighted combination of the at least two raw parameters, wherein
weighting factors for the weighted combination are derived based on an amplitude-
related measure (320) of the transport signal (122) in the corresponding input time
subframe.

Apparatus of claim 11, wherein the parameter processor (110) is configure to use,
as the amplitude-related measure (320), an energy or a power, and wherein a
weighting factor for an input subframe is greater in case of a higher energy or power
of the transport signal (122) in the corresponding input time subframe compared to
a weighting factor for an input subframe having a lower energy or power of the
transport signal (122) in the corresponding input time subframe.
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13.

14.

15.

16.

Apparatus of one of the preceding claims, wherein the parameter processor (110) is
configured for smoothing the raw parameters (252) over time so that a relatively
strong smoothing is obtained in a first time portion of the audio scene and a relatively
weak smoothing is obtained in a second time portion of the audio scene, wherein
the audio scene changes more rapidly in the second time portion than in the first
time portion, wherein the smoothing factor (512; 522) is exemplarily calculated
bandwise depending on a change of energies in a respective band.

Apparatus of one of the preceding claims, wherein the output interface (120) is
configured

to perform a conversion of a time portion of the transport signal (122) corresponding
to an output time frame (220) into a spectral representation, wherein the portion is
shorter than an input time frame (210), in which the parameters of the first set of
parameters (112) are organized,

to perform an upmixing operation of the spectral representation using the second
set of parameters (114) to obtain the two or more channels in the spectral
representation; and

to convert each channel of the two or more channels in the spectral representation
into a time representation.

Apparatus of claim 14, wherein the output interface (120) is configured
to convert into a complex discrete Fourier transform domain,

to perform the upmixing operation in the complex discrete Fourier transform domain,
and

to perform the conversion from the complex discrete Fourier transform domain into
a real-valued time domain representation.

Apparatus of claim 14 or 15, wherein the output interface (120) is configured to
perform the upmixing operation based on the following equation:

i = (M (1+Gep)+TepInormPe)

t.k V2
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and

17.

18.

B = (M1 (1-Fep)—TebGnormPri)

t,k \/5 )

wherein Mt_k is the transport signal (122) for the frame t and the frequency bin Kk,
wherein g., is the side gain for the frame t and the subband b, wherein 7, is the
residual prediction gain for the frame t and the suband b, wherein gnom is @an energy
adjusting factor that can be there or not, and wherein p;, is a raw residual signal

for the frame t and the frequency bin k.
Apparatus of one of the preceding claims,

wherein the first set of parameters (122) is a direction of arrival parameter for an
input frequency band (231), and wherein the second set of parameters (114)
comprises a side gain parameter (455) per input frequency band (231), and

wherein the parameter processor (110) is configured to calculate the side parameter
for the output frequency band (241) using the following equation:

sidegain[b] = sin (azimuth[b] * 1—7;0) cOoS (elevation[b] * %) ,

wherein b is the output frequency band (241), wherein sidegain is the side gain
parameter (455), wherein azimuth is an azimuth component of the direction of arrival
parameter, and wherein elevation is an elevation component of the direction of
arrival parameter.

Apparatus of claim 17,

wherein the first set of parameters (112) additionally comprises a diffuseness
parameter for the input frequency band (231), and wherein the parameter processor
(110) is configured to calculate the side parameter for the output frequency band
(241) using the following equation

degainlb] = \JT— diff(b)sin (azimuth[b] « — levation[b] « T2
si egaln[ ]_ 1 — lff( )Sln (aZlmut [ ]* 180) COS (e evatlon[ ]* 180)

wherein diff(b) is the diffuseness parameter for the input frequency band (231) b.
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19.

20.

21.

Apparatus of one of the preceding claims,

wherein the first set of parameters (112) comprises a diffuseness parameter per
input frequency band (231), and

wherein the second set of parameters (114) comprises a residual prediction
parameter (456) for an output frequency band (241), and

wherein the parameter processor (110) is to use, as the residual prediction
parameter (456) for the output parameter band, the diffuseness parameter from the
input parameter band, when the input parameter band and the output parameter
band are equal to each other, or to derive, from the diffuseness parameter for the
input parameter band, a diffuseness parameter for the output parameter band, and
to then use the diffuseness parameter for the output parameter band as the residual
prediction parameter (456) for the output parameter band.

Apparatus of one of claims 14 to 19, wherein the information on the transport signal
(122) comprises a core encoded audio signal, and wherein the apparatus further
comprises:

a core decoder for core decoding the core encoded audio signal to obtain the
transport signal (122).

Apparatus of claim 20, wherein the core decoder is in an ACELP decoder, or

wherein the output interface (120) is configured to convert the transport signal (122)
being a low band signal into a spectral representation, to upmix the spectral
representation and to convert an upmixed spectral representation in a time domain
to obtain a low band representation of the two or more channels,

wherein the apparatus comprises a bandwidth extension processor (910) for
generating a high band signal from the transport signal (122) in the time domain,

wherein the apparatus comprises a multichannel filler (930) to apply a multichannel
filling operation to the transport signal (122) in the time domain,
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22.

23.

24.

wherein the apparatus comprises an upmixer (920) to apply a broad band panning
in the time domain to the high band signal using at least one parameter from the
second set of parameters (114), and

wherein the apparatus comprises a signal combiner (940) for combining, in the time
domain, a result of the broad band panning, a result of the stereo filling, and the low
band representation of the two or more channels to obtain a full band multichannel
signal in the time domain as the channel representation.

Apparatus of one of the preceding claims, wherein the apparatus further comprises:

wherein the output interface (120) is configured to generate a raw representation of
the two or more channels using the second set of parameters (114) and the transport
signal (122), and

wherein the apparatus further comprises a multichannel enhancer (990) for
generating an enhancement representation of the two or more channels using the
transport signal (122), and

wherein the apparatus further comprises a signal combiner (940) for combining the
raw representation of the two or more channels and the enhancement
representation of the two or more channels to obtain the processed audio scene
(124).

Apparatus of claim 22, wherein the multichannel enhancer (990) is configured for
generating an enhancement representation (992) of the two or more channels using
the enhancement transport signal (822) and the second set of parameters (114), or

wherein the multichannel enhancer (990) comprises a transport signal enhancer
(820) for generating an enhancement transport signal (822), and an upmixer for

upmixing the enhancement transport signal (822).

Apparatus of claim 23, wherein the transport signal (122) is an encoded transport
signal, and wherein the apparatus further comprises:

a transport signal core decoder (810) for generating a decoded raw transport signal,
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25.

26.

27.

28.

29.

wherein the transport signal enhancer (820) is configured for generating the
enhancement transport signal using the decoded raw transport signal, and

wherein the output interface (120) is configured to generate the raw representation
of the two or more channels using the second set of parameters (114) and the
decoded raw transport signal.

Apparatus of claim 22 or claim 23 or claim 24, wherein the multichannel enhancer
(990) comprises either the upmixer or a multichannel filler (930) or both the upmixer
or the multichannel filler (930) for generating the enhancement representation of the
two or more channels using the transport signal (122) or the enhancement transport
signal (822) and at least one parameter of the second set of parameters (114).

Apparatus of one of claims 22, 23, 24, or 25, wherein the output interface (120) is
configured to generate a raw representation of the two or more channels using an
upmix in a second domain,

wherein the transport signal enhancer (820) is configured for generating the
enhancement transport signal (822) in a first domain being different from the second
domain, or wherein the multichannel enhancer (990) is configured for generating the
enhancement representation of the two or more channels using the enhancement
transport signal (822) in the first domain, and

wherein the signal combiner (940) is configured to combine the raw representation
of the two or more channels and the enhancement representation of the two or more
channels in the first domain.

Apparatus of claim 26, wherein the first domain is a time domain and the second
domain is a spectral domain.

Apparatus of one of claims 22 to 27, wherein the transport signal enhancer (820) or
the multichannel enhancer (990) is configured to perform at least one operation of a
group of operations comprising a bandwidth extension operation, a gap filling
operation, a quality enhancement operation, or an interpolation operation.

Apparatus of one of claims 22 to 28,
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30.

31.

32.

wherein the transport signal enhancer (820) or the multichannel enhancer (990) is
configured to operate in parallel with the output interface (120) when generating the
raw representation, or

wherein the parameter processor (110) is configured to operate in parallel with the
transport signal enhancer (820).

Apparatus of one of claims 24 to 29, wherein the core decoder is configured to feed
the decoded raw transport signal in two parallel branches, a first branch of the two
parallel branches comprising the output interface (120), and a second branch of the
two parallel branches comprising the transport signal enhancer (820) or the
multichannel enhancer (990) or both, and wherein the signal combiner (940) is
configured to receive a first input to be combined from the first branch and a second
input to be combined from the second branch.

Apparatus of one of the claims 1 to 30, wherein the output interface (120) is
configured

to perform a conversion of a time portion of the transport signal (122)
corresponding to an output time frame (220) into a spectral representation,

to perform an upmixing operation of the spectral representation using the
second set of parameters (114) to obtain the two or more channels in the
spectral representation; and

to convert each channel of the two or more channels in the spectral
representation into a time representation to obtain a raw time representation of
the two or more channels, and

wherein the signal combiner (940) is configured for combining the raw time
representation of the two or more channels and the enhancement time
representation of the two or more channels.

Method of processing an audio scene representing a sound field, the audio scene
comprising information on a transport signal and a first set of parameters, the
method comprising:
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33.

processing the first set of parameters to obtain a second set of parameters, wherein
the processing comprises calculating at least one raw parameter for each output
time frame using at least one parameter of the first set of parameters for the input
time frame, calculating a smoothing information such as a factor for each raw
parameter in accordance with a smoothing rule, and applying a corresponding
smoothing information to the corresponding raw parameter to derive the parameter
of the second set of parameters for the output time frame; and

generating a processed audio scene using the second set of parameters and the
information on the transport signal.

Computer program for performing, when running on a computer or a processor, the
method of claim 32.
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