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Renderer Controlled Spatial Upmix

Description

The present invention relates to audio signal processing, and, in particular, to

format conversion of multi-channel audio signals.

Format conversion describes the process of mapping a certain number of
audio channels into another representation suitable for playback via a differ-

ent number of audio channels.

A common use case for format conversion is downmixing of audio channels.
In Ref. [1] an example is given, wherein downmixing allows end-users to re-
play a version of the 5.1 source material even when a full 'home-theatre' 5.1
monitoring system is unavailable. Equipment designed to accept Dolby Digi-
tal material, but which provides only mono or stereo outputs (e.g. portable

DVD players, set-top boxes and so forth), incorporates facilities to downmix

the original 5.1 channels to the one or two output channels as standard.

On the other hand format conversion can also describe an upmix process
e.g. upmixing stereo material to form a 5.1-compatible version. Also binaural

rendering can be considered as format conversion.

In the following, implications of format conversion for the decoding process of
compressed audio signals are discussed. Here, the compressed representa-
tion of the audio signal (mp4 file) represents a fixed number of audio chan-

nels intended for playback by a fixed loudspeaker setup.

The interaction between an audio decoder and subsequent format conver-
sion into a desired playback format can be distinguished into three catego-
ries:
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1. The decoding process is agnostic of the final playback scenario. Thus the
full audio representation is retrieved and conversion processing is subse-
quently applied.

2. The audio decoding process is limited in its capabilities and will output a
fixed format only. Examples are mono radios receiving stereo FM programs,
or a mono HE-AAC decoder receiving a HE-AAC v2 bitstream.

3. The audio decoding process is aware of the final playback setup and
adapts its processing accordingly. An example is the "Scalable Channel De-
coding for Reduced Speaker Configurations" as defined for MPEG Surround

in Ref. [2]. Here, the decoder reduces the number of output channels.

The disadvantages of these methods are unnecessary high complexity and
potential artefacts by subsequent processing of decoded material (comb fil-
tering for downmix, unmasking for upmix) (1.) and limited flexibility concern-

ing the final output format (2. and 3.).

The object of the present invention is to provide improved concepts for audio
signal processing. The object of the present invention is solved by a decoder
according to claim 1, by a method according to claim 14 and by a computer

program according to claim 15.

An audio decoder device for decoding a compressed input audio signal com-
prising at least one core decoder having one or more processors for generat-
ing a processor output signal based on a processor input signal, wherein a
number of output channels of the processor output signal is higher than a
number of input channels of the processor input signal, wherein each of the
one or more processors comprises a decorrelator and a mixer, wherein a
core decoder output signal having a plurality of channels comprises the pro-
cessor output signal, and wherein the core decoder output signal is suitable

for a reference loudspeaker setup;
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at least one format converter configured to convert the core decoder output
signal into an output audio signal, which is suitable for a target loudspeaker

setup; and

a control device configured to control at least one or more processors in such
way that the decorrelator of the processor may be controlled independently
from the mixer of the processor, wherein the control device is configured to
control at least one of the decorrelators of the one or more processors de-

pending on the target loudspeaker setup is provided.

The purpose of the processors is to create a processor output signal having a
higher number of incoherent/uncorrelated channels than the number of the
input channels of the processor input signal is. More particular, each of the
processors generates a processor output signal with a plurality of incoher-
ent/uncorrelated output channels, for example with two output channels, with
the correct spatial cues from an processor input signal having a lesser num-

ber of input channels, for example from a mono input signal.

Such processors comprise a decorrelator and a mixer. The decorrelator is
used to create a decorrelator signal from a channel of the processor input
signal. Typically a decorrelator (decorrelation filter) consists of a frequency-
dependent pre-delay followed by all-pass (IIR) sections.

The decorrelator signal and the respective channel of the processor input
signal are then fed to the mixer. The mixer is configured to establish a pro-
cessor output signal by mixing the decorrelator signal and the respective
channel of the processor input signal, wherein side information is used in or-
der to synthesize the correct coherence/correlation and the correct strength

ratio of the output channels of the processor output signal.

The output channels of the processor output signal are then incoher-

ent/uncorrelated so that the output channels of the processor would be per-
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ceived as independent sound sources if they were fed to different loudspeak-

ers at different positions.

The format converter may convert the core decoder output signal to be suita-
ble for playback on a loudspeaker setup which can differ from the reference

loudspeaker setup. This setup is called target loudspeaker setup.

In case the output channels of one processor are not needed for a specific
target loudspeaker set up by the subsequent format converter in an incoher-
ent/uncorrelated form, the synthesis of the correct correlation becomes per-
ceptually irrelevant. Hence, for these processors the decorrelator may be
omitted. However, in general the mixer remains fully operational when the
decorrelator is switched off. As a result the output channels of the processor

output signal are generated even if the decorrelator is switched off.

It has to be noted that in this case the channels of the processor output sig-
nal are coherent/correlated but not identical. That means that the channels of
the processor output signal may be further processed independently from
each other downstream of the processor, wherein, for example, the strength
ratio and/or other spatial information could be used by the format converter in

order to set the levels of the channels of the output audio signal.

As decorrelation filtering requires substantial computational complexity, the
overall decoding workload can largely be reduced by the proposed decoder

device.

Although decorrelators, in particular their all pass filters, are designed in a
way to have minimum impact on the subjective sound quality, it cannot al-
ways be avoided that audible artifacts are introduced, e.g. smearing of tran-
sients due to phase distortions or "ringing" of certain frequency components.
Therefore, an improvement of audio sound quality can be achieved, as side
effects of the decorrelator process are omitted.
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Note that this processing shall only be applied for frequency bands where
decorrelation is applied. Frequency bands where residual coding is used are

not affected.

In preferred embodiments the control device is configured to deactivate at
least one or more processors so that input channels of the processor input
signal are fed to output channels of the processor output signal in an unpro-
cessed form. By this feature the number of channels, which are not identical,
may be reduced. This might be advantageous, if the target loudspeaker set
up comprises a number of loudspeakers, which is very small compared to the

number of loudspeakers of the reverence loudspeaker set up.

In advantageous embodiments the processor is a one input two output de-
coding tool (OTT), wherein the decorrelator is configured to create a decorre-
lated signal by decorrelating at least one channel of the processor input sig-
nal, wherein the mixer mixes the processor input audio signal and the decor-
related signal based on a channel level difference (CLD) signal and/or an
inter-channel coherence (ICC) signal, so that the processor output signal
consists of two incoherent output channels. Such one input to output decod-
ing tools allow creating a processor output signal with pair of channels, which
have the correct amplitude and coherence with respect to each other in an

easy way.

In some embodiments the control device is configured to switch off the decor-
relator of one of the processors by setting the decorrelated audio signal to
zero or by preventing the mixer to mix the decorrelated signal into the pro-
cessor output signal of the respective processor. Both methods allow switch-

ing off the decorrelator in an easy way.

In preferred embodiments the core decoder is a decoder for both music and

speech, such as an USAC decoder, wherein the processor input signal of at
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least one of the processors contains channel pair elements, such as USAC
channel pair elements. In this case it is possible to omit decoding of the
channel pair elements, if this is not necessary for the current target loud-
speaker setup. In this way computational complexity and artifacts originating
from the decorrelation process as well as from the downmix process may be

reduced significantly.

In some embodiments the core decoder is a parametric object coder, such as
a SAOC decoder. In this way computational complexity and artifacts originat-
ing from the decorrelation process as well as from the downmix process may

be reduced further.

In some embodiments the number of loudspeakers of a reference loud-
speaker setup is higher than a number of loudspeakers of the target loud-
speaker setup. In this case the format converter may downmix the core de-
coder output signal to an audio to the output audio signal, wherein the num-
ber of the output channels is smaller than the number of output channels of

the core decoder output signal.

Here, downmixing describes the case when a higher number of loudspeakers
is present in the reference loudspeaker setup than is used in the target loud-
speaker setup. In such cases output channels of one or more processors are
often not needed in the form of incoherent signals. If the decorrelators of
such processors are switched off, computational complexity and artifacts
originating from the decorrelation process as well as from the downmix pro-

cess may be reduced significantly.

In some embodiments the control device is configured to switch off the decor-
relators for at least one first of said output channels of the processor output
signal and one second of said output channels of the processor output signal,
if the first of said output channels and the second of said output channels

are, depending on the target loudspeaker setup, mixed into a common chan-
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nel of the output audio signal, provided a first scaling factor for mixing the first
of said output channels of the processor output signal into the common
channel exceeds a first threshold and/or a second scaling factor for mixing
the second of said output channels of the processor output signal into the

common channel exceeds a second threshold.

In case the first of said output channels and the second of said output chan-
nels are mixed into a common channel of the output audio signal, decorrela-
tion at the core decoder may be omitted for the first and the second output
channel. In this way computational complexity and artifacts originating from
the decorrelation process as well as from the downmix process may be re-

duced significantly. In this way unnecessary decorrelation may be avoided.

In a more advanced embodiment of first scaling factor for mixing the first of
said output channels of the processor output signal may be foreseen. In the
same way a second scaling factor for mixing the second of said output chan-
nels of processor output signal may be used. Herein a scaling factor is a nu-
merical value, usually between zero and one, which describes the ratio be-
tween the signal strength in the original channel (output channel of the pro-
cessor output signal) and the signal strength of the resulting signal in the
mixed channel (common channel of the output audio signal). The scaling fac-
tors may be contained in a downmix matrix. By using a first threshold for the
first scaling factor and/or by using a second threshold for the second scaling
factor it may be ensured that decorrelation for the first output channel and the
second output channel is only switched off, if at least a determined portion of
the first output channel and/or at least a determined portion of the second
output channel are mixed into the common channel. As an example the

threshold may be set to zero.

In preferred embodiments the control device is configured to receive a set of
rules from the format converter according to which the format converter mix-

es the channels of the processor output signal into the channels of the output
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audio signal depending on the target loudspeaker setup, wherein the control
device is configured to control processors depending on the received set of
rules. Herein, the control of the processors may include the control of the
decorrelators and/or of the mixers. By this feature it may be ensured that the

control device controls the processors in an accurate manner.

By the set of rules, information whether the output channels of a processor
are combined by a subsequent format conversion step may be provided to
the control device. The rules received by the control device are typically in
the form of a downmix matrix defining scaling factors for each decoder output
channel to each audio output channel used by the format converter. In a next
step control rules for controlling the decorrelators may be calculated by the
control device from the downmix rules. This control rules may be contained in
a so called mix matrix, which may be generated by the control device de-
pending on the target loudspeaker setup. This control rules may then be
used to control the decorrelators and/or the mixers. As a result, the control
device can be adapted to different target loudspeaker setups without manual

intervention.

In preferred embodiments the control device is configured to control the
decorrelators of the core decoder in such way that a number of incoherent
channels of the core decoder output signal is equal to the number of loud-
speakers of the target loudspeaker setup. In this case computational com-
plexity and artifacts originating from the decorrelation process as well as from

the downmix process may be reduced significantly.

In embodiments the format converter comprises a downmixer for downmixing
the core decoder output signal. The downmixer made directly produce the
output audio signal. However, in some embodiments the downmixer may be
connected to another element of the format converter, which then produces

the output audio signal.
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In some embodiments the format converter comprises a binaural renderer.
Binaural renderers are generally used to convert a multichannel signal into a
stereo signal adapted for the use with stereo headphones. The binaural ren-
derer produces a binaural downmix of the signal fed to it, such that each
channel of this signal is represented by a virtual sound source. The pro-
cessing may be conducted frame-wise in a quadrature mirror filter (QMF)
domain. The binauralization is based on measured binaural room impulse
responses and causes extremely high computational complexity, which cor-
relates with the number of incoherent/uncorrelated channels of the signal fed

to the binaural renderer.

In preferred embodiments the core decoder output signal is fed the binaural
renderer as a binaural renderer input signal. In in this case the control device
usually is configured to control the processors of the core decoder in such
way that a number of the channels of the core decoder output signal is great-
er as the number of loudspeakers of the headphones. This may be desired,
as for example, the binaural renderer may use the spatial sound information
contained in the channels for adjusting the frequency characteristics of the
stereo signal fed to the headphones in order to generate a three-dimensional

audio impression.

In some embodiments a downmixer output signal of the downmixer is fed to
the binaural renderer as a binaural renderer input signal. In case that the
output audio signal of the downmixer is fed to the binaural renderer, the
number of channels of its input signal is significantly smaller than in cases, in
which the core decoder output signal is fed to the binaural renderer, so that

computational complexity is reduced.

Furthermore, a method for decoding a compressed input audio signal, the
method comprising the steps: providing at least one core decoder having one
or more processors for generating a processor output signal based on a pro-

cessor input signal, wherein a number of output channels of the processor
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output signal is higher than a number of input channels of the processor input
signal, wherein each of the one or more processors comprises a decorrelator
and a mixer, wherein a core decoder output signal having a plurality of chan-
nels comprises the processor output signal, and wherein the core decoder
output signal is suitable for a reference loudspeaker setup; providing at least
one format converter configured to convert the core decoder output signal
into an output audio signal, which is suitable for a target loudspeaker setup;
and providing a control device configured to control at least one or more pro-
cessors in such way that the decorrelator of the processor may be controlled
independently from the mixer of the processor, wherein the control device is
configured to control at least one of the decorrelators of the one or more pro-

cessors depending on the target loudspeaker setup is provided.

Moreover, a computer program for implementing the method mentioned

above when being executed on a computer or signal processor is provided.

In the following, embodiments of the present invention are described in more

detail with reference to the figures, in which:

Fig. 1 shows a block diagram of a preferred embodiment of a decoder
according to the invention,

Fig. 2 shows a block diagram of a second embodiment of a decoder

according to the invention,

Fig. 3 shows a model of a conceptual processor, wherein the decorre-

lator is switched on,

Fig. 4 shows a model of a conceptual processor, wherein the decorre-

lator is switched off,
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illustrates an interaction between format conversion and decod-

ing,

shows a block diagram of a detail of an embodiment of a de-
coder according to the invention, wherein a 5.1 channel signal

is generated,

shows a block diagram of a detail of the embodiment of Fig. 6 of
a decoder according to the invention, wherein the 5.1 channel is

downmixed to a 2.0 channel signal,

shows a block diagram of a detail of the embodiment of Fig. 6 of
a decoder according to the invention, wherein the 5.1 channel

signal is downmixed to a 4.0 channel signal,

shows a block diagram of a detail of an embodiment of a de-
coder according to the invention, wherein a 9.1 channel signal

is generated,

shows a block diagram of a detail of the embodiment of Fig. 9 of
a decoder according to the invention, wherein the 9.1 channel

signal is downmixed to a 4.0 channel signal,

shows a schematic block diagram of a conceptual overview of a

3D-audio encoder,

shows a schematic block diagram of a conceptual overview of a

3D-audio decoder and

shows a schematic block diagram of a conceptual overview of a

format converter.
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Before describing embodiments of the present invention, more background

on state-of-the-art-encoder-decoder-systems is provided.

Fig. 11 shows a schematic block diagram of a conceptual overview of a 3D-
audio encoder 1, whereas Fig. 12 shows a schematic block diagram of a

conceptual overview of a 3D-audio decoder 2.

The 3D Audio Codec System 1, 2 may be based on a MPEG-D unified
speech and audio coding (USAC) encoder 3 for coding of channel signals 4
and object signals 5 as well as based on a MPEG-D unified speech and au-
dio coding (USAC) decoder 6 for decoding of the output audio signal 7 of the
encoder 3. To increase the efficiency for coding a large amount of objects 5,
spatial audio object coding (SAOC) technology has been adapted. Three
types of renderers 8, 9, 10 perform the tasks of rendering objects 11, 12 to
channels 13, rendering channels 13 to headphones or rendering channels to

a different loudspeaker setup.

When object signals are explicitly transmitted or parametrically encoded us-
ing SAOC, the corresponding Object Metadata (OAM) 14 information is com-

pressed and multiplexed into the 3D-Audio bitstream 7.

The prerenderer/mixer 15 can be optionally used to convert a channel-and-
object input scene 4, 5 into a channel scene 4, 16 before encoding. Func-

tionally it is identical to the object renderer/mixer 15 described below.

Prerendering of objects 5 ensures deterministic signal entropy at the input of
the encoder 3 that is basically independent of the number of simultaneously
active object signals 5. With prerendering of objects 5, no object metadata 14
transmission is required.
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Discrete object signals 5 are rendered to the channel layout that the encoder
3 is configured to use. The weights of the objects 5 for each channel 16 are

obtained from the associated object metadata 14.

The core codec for loudspeaker-channel signals 4, discrete object signals 5,
object downmix signals 14 and prerendered signals 16 may be based on
MPEG-D USAC technology. It handles the coding of the multitude of signals
4, 3, 14 by creating channel- and object mapping information based on the
geometric and semantic information of the input’s channel and object as-
signment. This mapping information describes, how input channels 4 and
objects 5 are mapped to USAC-channel elements, namely to channel pair
elements (CPEs), single channel elements (SCEs), low frequency enhance-
ments (LFEs), and the corresponding information is transmitted to the de-

coder 6.

All additional payloads like SAOC data 17 or object metadata 14 may be
passed through extension elements and may be considered in the rate con-

trol of the encoder 3.

The coding of objects 5 is possible in different ways, depending on the
rate/distortion requirements and the interactivity requirements for the render-
er. The following object coding variants are possible:

- Prerendered objects 16: Object signals 5 are prerendered and mixed
to the channel signals 4, for example to 22.2 channels signals 4, be-
fore encoding. The subsequent coding chain sees 22.2 channel sig-

nals 4.

- Discrete object waveforms: Objects 5 are supplied as monophonic
waveforms to the encoder 3. The encoder 3 uses single channel ele-
ments (SCEs) to transmit the objects 5 in addition to the channel sig-

nals 4. The decoded objects 18 are rendered and mixed at the receiv-
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er side. Compressed object metadata information 19, 20 is transmitted

to the receiver/renderer 21 alongside.

- Parametric object waveforms 17: Object properties and their relation
to each other are described by means of SAOC parameters 22, 23.
The down-mix of the object signals 17 is coded with USAC. The par-
ametric information 22 is transmitted alongside. The number of
downmix channels 17 is chosen depending on the number of objects 5
and the overall data rate. Compressed object metadata information 23
is transmitted to the SAOC renderer 24.

The SAOC encoder 25 and decoder 24 for object signals 5 are based on
MPEG SAQOC technology. The system is capable of recreating, modifying
and rendering a number of audio objects 5 based on a smaller number of
transmitted channels 7 and additional parametric data 22, 23, such as object
level differences (OLDs), inter-object correlations (I0Cs) and downmix gain
values (DMGs). The additional parametric data 22, 23 exhibits a significantly
lower data rate than required for transmitting all objects 5 individually, making
the coding very efficient.

The SAOC encoder 25 takes as input the object/channel signals 5 as mono-
phonic waveforms and outputs the parametric information 22 (which is
packed into the 3D-Audio bitstream 7) and the SAOC transport channels 17
(which are encoded using single channel elements and transmitted). The
SAOC decoder 24 reconstructs the object/channel signals 5 from the decod-
ed SAOC transport channels 26 and parametric information 23, and gener-
ates the output audio scene 27 based on the reproduction layout, the de-
compressed object metadata information 20 and optionally on the user inter-

action information.

For each object 5, the associated object metadata 14 that specifies the geo-

metrical position and volume of the object in 3D space is efficiently coded by
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an object metadata encoder 28 by quantization of the object properties in
time and space. The compressed object metadata (cOAM) 19 is transmitted
to the receiver as side information 20 which may be decoded bei an OAM-
Decoder 29.

The object renderer 21 utilizes the compressed object metadata 20 to gener-
ate object waveforms 12 according to the given reproduction format. Each
object 5 is rendered to certain output channels 12 according to its metadata
19, 20. The output of this block 21 results from the sum of the partial results.
If both channel based content 11, 30 as well as discrete/parametric objects
12, 27 are decoded, the channel based waveforms 11, 30 and the rendered
object waveforms 12, 27 are mixed before outputting the resulting waveforms
13 (or before feeding them to a postprocessor module 9, 10 like the binaural

renderer 9 or the loudspeaker renderer module 10) by a mixer 8.

The binaural renderer module 9 produces a binaural downmix of the muilti-
channel audio material 13, such that each input channel 13 is represented by
a virtual sound source. The processing is conducted frame-wise in a quadra-
ture mirror filter (QMF) domain. The binauralization is based on measured

binaural room impuise responses.

The loudspeaker renderer 10 shown in Fig. 13 in more details converts be-
tween the transmitted channel configuration 13 and the desired reproduction
format 31. It is thus called ‘format converter'10 in the following. The format
converter 10 performs conversions to lower numbers of output channels 31,
i.e. it creates downmixes by a downmixer 32. The DMX configurator 33 au-
tomatically generates optimized downmix matrices for the given combination
of input formats 13 and output formats 31 and applies these matrices in a
downmix process 32, wherein a mixer output layout 34 and a reproduction
layout 35 is used. The format converter 10 allows for standard loudspeaker
configurations as well as for random configurations with non-standard loud-
speaker positions.
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Fig. 1 shows a block diagram of a preferred embodiment of a decoder 2 ac-

cording to the invention.

The audio decoder device 2 for decoding a compressed input audio signal
38, 38’ comprises at least one core decoder 6 having one or more proces-
sors 36, 36’ for generating a processor output signal 37, 37’ based on the
processor input signal 38, 38’, wherein a number of output channels 37.1,
37.2,37.1", 37.2' of the processor output signal 37, 37’ is higher than a num-
ber of input channels 38.1, 38.1’ of the processor input signal 38, 38’, where-
in each of the one or more processors 36, 36’ comprises a decorrelator 39,
39" and a mixer 40, 40’, wherein a core decoder output signal 13 having a
plurality of channels 13.1, 13.2, 13.3, 13.4 comprises the processor output
signal 37, 37’, and wherein the core decoder output signal 13 is suitable for a

reference loudspeaker setup 42.

Further, the audio decoder device 2 comprises at least one format converter
device 9, 10 configured to convert the core decoder output signal 13 into an

output audio signal 31, which is suitable for a target loudspeaker setup 45.

Moreover, the audio decoder device 2 comprises a control device 46 config-
ured to control at least one or more processors 36, 36’ in such way that the
decorrelator 39, 39’ of the processor 36, 36’ may be controlled independently
from the mixer 40, 40’ of the processor 36, 36', wherein the control device 46
is configured to control at least one of the decorrelators 39, 39’ of the one or
more processors 36, 36’ depending on the target loudspeaker setup is pro-
vided.

The purpose of the processors 36, 36’ is to create a processor output signal
37, 37" having a higher number of incoherent/uncorrelated channels 37.1,
37.2, 37.1", 37.2 than the number of the input channels 38.1, 38.1’ of the pro-

cessor input signal 38 is. More particular, each of the processors 36, 36’ may
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generate a processor output signal 37 with a plurality of incoher-
ent/uncorrelated output channels 37.1, 37.2, 37.1’, 37.2’ with the correct spa-
tial cues from an processor input signal 38, 38’ having a lesser number of

input channels 38.1, 38.1".

In the embodiment shown in Fig. 1 a first processor 36 has two output chan-
nels 37.1, 37.2, which are generated from a mono input signal 38 and a sec-
ond processor 36’ has two output channels 37.1’, 37.2’, which are generated

from a mono input signal 38'.

The format converter device 9, 10 may convert the core decoder output sig-
nal 13 to be suitable for playback on a loudspeaker setup 45 which can differ
from the reference loudspeaker setup 42. This setup is called target loud-

speaker setup 45.

In the embodiment of Fig. 1 the reference loudspeaker setup 42 comprises a
left front loudspeaker (L), a right front loudspeaker (R), a left surround loud-
speaker (LS) and a right surround loudspeaker (RS). Further, the target loud-
speaker setup 42 comprises a left front loudspeaker (L), a right front loud-
speaker (R) and a center surround loudspeaker (CS).

In case the output channels 37.1, 37.2, 37.1°, 37.2’ of one processor 36, 36’
are not needed for a specific target loudspeaker set up 45 by the subsequent
format converter device 9, 10 in an incoherent/uncorrelated form, the synthe-
sis of the correct correlation becomes perceptually irrelevant. Hence, for
these processors 36, 36’ the decorrelator 39, 39’ may be omitted. However,
in general the mixer 40, 40’ remains fully operational when the decorrelator is
switched off. As a result the output channels 37.1, 37.2, 37.1", 37.2' of the
processor output signal are generated even if the decorrelator 39, 39’ is
switched off.
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It has to be noted that in this case the channels 37.1, 37.2, 37.1, 37.2’ of the
processor output signal 37, 37’ are coherent/correlated but not identical. That
means that the channels 37.1, 37.2, 37.1’, 37.2’ of the processor output sig-
nal 37, 37" may be further processed independently from each other down-
stream of the processor 36, 36’, wherein, for example, the strength ratio
and/or other spatial information could be used by the format converter device
9, 10 in order to set the levels of the channels 31.1, 31.2, 31.3 of the output
audio signal 31.

As decorrelation filtering requires substantial computational complexity, the
overall decoding workload can largely be reduced by the proposed decoder

device 2.

Although decorrelators 39, 39', in particular their all pass filters, are designed
in a way to have minimum impact on the subjective sound quality, it cannot
always be avoided that audible artifacts are introduced, e.g. smearing of
transients due to phase distortions or "ringing" of certain frequency compo-
nents. Therefore, an improvement of audio sound quality can be achieved, as

side effects of the omitted decorrelator process.

Note that this processing shall only be applied for frequency bands where
decorrelation is applied. Frequency bands where residual coding is used are
not affected.

In preferred embodiments the control device 46 is configured to deactivate at
least one or more processors 36, 36’ so that input channels 38.1, 38.1’ of the
processor input signal 38 are fed to output channels 37.1, 37.2, 37.1’, 37.2' of
the processor output signal 37, 37’ in an unprocessed form. By this feature
the number of channels, which are not identical, may be reduced. This might
be advantageous, if the target loudspeaker set up 45 comprises a number of
loudspeakers, which is very small compared to the number of loudspeakers

of the reverence loudspeaker set up 42.
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In preferred embodiments the core decoder 6 is a decoder 6 for both music
and speech, such as an USAC decoder 6, wherein the processor input signal
38, 38’ of at least one of the processors contains channel pair elements, such
as USAC channel pair elements. In this case it is possible to omit decoding of
the channel pair elements, if this is not necessary for the current target loud-
speaker setup 45. In this way computational complexity and artifacts originat-
ing from the decorrelation process as well as from the downmix process may

be reduced significantly.

In some embodiments the core decoder is a parametric object coder 24, such
as a SAOC decoder 24. In this way computational complexity and artifacts
originating from the decorrelation process as well as from the downmix pro-

cess may be reduced further.

In some embodiments the number of loudspeakers of a reference loud-
speaker setup 42 is higher than a number of loudspeakers of the target loud-
speaker setup 45. In this case the format converter device 9, 10 may
downmix the core decoder output signal 13 to an audio to the output audio
signal 31, wherein the number of the output channels 31.1, 31.2, 31.3 is
smaller than the number of output channels 13.1, 13.2, 13.3, 13.4 of the core
decoder output signal 13.

Here, downmixing describes the case when a higher number of loudspeakers
is present in the reference loudspeaker setup 42 than is used in the target
loudspeaker setup 45. In such cases output channels 37.1, 37.2, 37.1", 37.2
of one or more processors 36, 36" are often not needed in the form of inco-
herent signals. In Fig. 1 four decoder output channels 13.1, 13.2, 13.3, 13.4
of the core decoder output signal 13 exist, but only three output channels
31.1, 31.2, 31.3 of the audio output signal 31. If the decorrelators 39, 39’ of

such processors 36, 36’ are switched off, computational complexity and arti-
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facts originating from the decorrelation process as well as from the downmix

process may be reduced significantly.

For reasons explained below, the decoder output channels 13.3 and 13.4 in
Fig. 1 are not needed in the form of incoherent signals. Therefore, the decor-
relator 39’ is switched off by the control device 46, whereas the decorrelator

39 and the mixers 40, 40’ are switched on.

In some embodiments the control device 46 is configured to switch off the
decorrelators 39’ for at least one first of said output channels 37.1’ of the pro-
cessor output signal 37, 37’ and one second of said output channels 37.2,
37.2’ of the processor output signal 37, 37’, if the first of said output channels
37.1" and the second of said output channels 37.2" are, depending on the
target loudspeaker setup 45, mixed into a common channel 31.3 of the out-
put audio signal 31, provided a first scaling factor for mixing the first of said
output channels 37.1’ of the processor output signal 37’ into the common
channel 31.3 exceeds a first threshold and/or a second scaling factor for mix-
ing the second of said output channels 37.2’ of the processor output signal

37’ into the common channel 31.3 exceeds a second threshold.

In Fig 1. the decoder output channels 13.3 and 13.4 are mixed in a common
channel 31.3 of the output audio signal 31. The first and the second scaling
factor may be 0.7071. As a first and a second threshold in this embodiment

are set to zero their decorrelator 39’ is switched off.

In case the first of said output channels 37.1" and the second of said output
channels 37.2" are mixed into a common channel 31.3 of the output audio
signal31, decorrelation at the core decoder 6 may be omitted for the first and
the second output channel 37.1’, 37.2’. In this way computational complexity
and artifacts originating from the decorrelation process as well as from the
downmix process may be reduced significantly. In this way unnecessary

decorrelation may be avoided.
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In a more advanced embodiment of first scaling factor for mixing the first of
said output channels 37.1’ of the processor output signal 37’ may be fore-
seen. In the same way a second scaling factor for mixing the second of said
output channels 37.2° of processor output signal 37° may be used. Herein a
scaling factor is a numerical value, usually between zero and one, which de-
scribes the ratio between the signal strength in the original channel (output
channel 37.1°, 37.2’ of the processor output signal 37’) and the signal
strength of the resulting signal in the mixed channel (common channel 31.1
of the output audio signal 31). The scaling factors may be contained in a
downmix matrix. By using a first threshold for the first scaling factor and/or by
using a second threshold for the second scaling factor it may be ensured that
decorrelation for the first output channel 37.1" and the second output channel
37.2" is only switched off, if at least a determined portion of the first output
channel 37.1" and/or at least a determined portion of the second output
channel 37.2’ are mixed into the common channel 31.3. As an example the

thresholds may be set to zero.

In the embodiment of Fig. 1 the decoder output channels 13.3 and 13.4 are
mixed in a common channel 31.3 of the output audio signal 31. The first and
the second scaling factor may be 0.7071. As a first and a second threshold in

this embodiment are set to zero their decorrelator 39' is switched off.

in preferred embodiments the control device 46 is configured to receive a set
of rules 47 from the format converter device 9, 10 according to which the
format converter device 9, 10 mixes the channels 37.1, 37.2, 37.1’, 37.2’ of
the processor output signal 37, 37’ into the channels 31.1, 31.2, 31.3 of the
output audio signal 31 depending on the target loudspeaker setup 45, where-
in the control device 46 is configured to control processors 36, 36’ depending
on the received set of rules 47. Herein, the control of the processors 36, 36’

may include control of the decorrelators 39, 39’ and/or of the mixers 40, 40’.



WO 2015/010937 PCT/EP2014/065037

10

15

20

25

30

22

By this feature it may be ensured that the control device 46 controls the pro-

cessors 36, 36’ in an accurate manner.

By the set of rules 47, information whether the output channels of a proces-
sor 36, 36’ are combined by a subsequent format conversion step may be
provided to the control device 9, 10. The rules received by the control device
46 are typically in the form of a downmix matrix defining scaling factors for
each core decoder output channel 13.1, 13.2, 13.3, 13.4 to each audio output
channel 31.1, 31.2, 31.3 used by the format converter device 9, 10. In a next
step control rules for controlling the decorrelators may be calculated by the
control device from the downmix rules. This control rules may be contained in
a so called mix matrix, which may be generated by the control device 46 de-
pending on the target loudspeaker setup 45. This control rules may then be
used to control the decorrelators 39, 39’ and/or the mixers 40, 40’. As a re-
sult, the control device 46 can be adapted to different target loudspeaker set-

ups 45 without manual intervention.

In Fig. 1 the set of rules 47 may contain the information that the decoder out-
put channels 13.3 and 13.4 are mixed in a common channel 31.3 of the out-
put audio signal 31. This may be done in the embodiment of Fig. 1 as the left
surround loudspeaker and the right surround loudspeaker of the reference
loudspeaker setup 42 are replaced by a center surround loudspeaker in the

target loudspeaker setup 45.

In preferred embodiments the control device 46 is configured to control the
decorrelators 39, 39’ of the core decoder 6 in such way that a number of in-
coherent channels of the core decoder output signal 13 is equal to the num-
ber of loudspeakers of the target loudspeaker setup 45. In this case compu-
tational complexity and artifacts originating from the decorrelation process as

well as from the downmix process may be reduced significantly.
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For example, in Fig. 1 three incoherent channels exist, the first is the decoder
output channel 13.1, the second is the decoder output channel 13.2 and the
third is each of the decoder output channels 13.3 and 13.4, as the decoder

output channels 13.3 and 13.4 are coherent due to omitting decorrelator 39

In embodiments, such as in the embodiment of Fig. 1, the format converter
device 9, 10 comprises a downmixer 10 for downmixing the core decoder
output signal 13. The downmixer 10 may directly produce the output audio
signal 31 as shown in Fig. 1. However, in some embodiments the downmixer
10 may be connected to another element of the format converter 10, such as

a binaural renderer 9, which then produces the output audio signal 31.

Fig. 2 shows a block diagram of a second embodiment of a decoder accord-
ing to the invention. In the following only the differences to the first embodi-
ment will be discussed. In Fig. 2 the format converter 9, 10 comprises a bin-
aural renderer 9. Binaural renderers 9 are generally used to convert a multi-
channel signal into a stereo signal adapted for the use with stereo head-
phones. The binaural renderer 9 produces a binaural downmix LB and RB of
the multichannel signal fed to it, such that each channel of this signal is rep-
resented by a virtual sound source. The multichannel signal may have up to
32 channels or more. However, in Fig. 2 a four channel signal is shown to
simplify matters. The processing may be conducted frame-wise in a quadra-
ture mirror filter (QMF) domain. The binauralization is based on measured
binaural room impulse responses and causes extremely high computational
complexity, which correlates with the number of incoherent/uncorrelated
channels of the signal fed to the binaural renderer 9. In order to reduce the
computational complexity, at least one of the decorrelators 39, 39'may be

switched off.

In the embodiment of Fig. 2 the core decoder output signal 13 is fed the bin-
aural renderer 9 as a binaural renderer input signal 13. In in this case the

control device 46 usually is configured to control the processors of the core
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decoder 6 in such way that a number of the channels 13.1, 13.2, 13.3, 13.4
of the core decoder output signal 13 is greater as the number of loudspeak-
ers of the headphones. This may be desired, for example, as the binaural
renderer 9 may use the spatial sound information contained in the channels
for adjusting the frequency characteristics of the stereo signal fed to the

headphones in order to generate a three-dimensional audio impression.

In embodiments not shown a downmixer output signal of the downmixer 10 is
fed to the binaural renderer 9 as a binaural renderer input signal. In case that
the output audio signal of the downmixer 10 is fed to the binaural renderer 9,
the number of channels of its input signal is significantly smaller than in cas-
es, in which the core decoder output signal 13 is fed to the binaural renderer

9, so that computational complexity is reduced.

In advantageous embodiments the processor 36 is a one input two output
decoding tool (OTT) 36 as shown in Fig. 3 and Fig 4.

As shown in Fig. 3 the decorrelator 39 is configured to create a decorrelated
signal 48 by decorrelating at least one channel 38.1 of the processor input
signal 38, wherein the mixer 40 mixes the processor input audio signal 48
and the decorrelated signal 48 based on a channel level difference (CLD)
signal 49 and/or an inter-channel coherence (ICC) signal 50, so that the pro-
cessor output signal 37 consists of two incoherent output channels 37.1,
37.2.

Such one input to output decoding tool 36 allows creating a processor output
signal 37 with pair of channels 37.1, 37.2, which have the correct amplitude
and coherence with respect to each other in an easy way. Typically a decor-
relator (decorrelation filter) consists of a frequency-dependent pre-delay fol-

lowed by all-pass (IIR) sections.
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In some embodiments the control device is configured to switch off the decor-
relator 39 of one of the processors 36 by setting the decorrelated audio sig-
nal 48 to zero or by preventing the mixer to mix the decorrelated signal 48
into the processor output signal 37 of the respective processor 36. Both

methods allow switching off the decorrelator 39 in an easy way.

Some embodiments may be defined for a multichannel decoder 2 based on
"ISO/IEC IS 23003-3 Unified speech and audio coding".

For multi-channel coding USAC is composed of different channel elements.

An example for 5.1 audio channels is given below.

Example of simple bit stream payload

numElements elemldx usacElementType[elemldx]
5.1 channel 4 1 ID_USAC_SCE
output signal 2 ID_USAC_CPE
3 ID_USAC_CPE
4 ID_USAC_LFE

Each stereo element ID_USAC_CPE can be configured to use MPEG Sur-
round for mono to stereo upmixing by an OTT 36. As depicted below, each
element generates two output channels 37.1, 37.2 with the correct spatial
cues by mixing a mono input signal with the output of a decorrelator 39 that is

fed with that mono input signal [2][3].

An important building block is the decorrelator 39 which is used to synthesize

the correct coherence/correlation of the output channels 37.1, 37.2. Typically
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the de-correlation filters consist of a frequency-dependent pre-delay followed

by all-pass (lIR) sections.

In case the output channels 37.1, 37.2 of one OTT decoding block 36 are
downmixed by a subsequent format conversion step, the synthesis of the
correct correlation becomes perceptually irrelevant. Hence, for these upmix-
ing blocks the decorrelator 39 can be omitted. This can be accomplished as

follows.

An interaction between format conversion 9, 10 and decoding may be estab-
lished as shown in Fig. 5. Information may be generated whether the output
channels of a OTT decoding block 36 are downmixed by a subsequent for-
mat conversion step 9, 10. This information is contained in a so called mix
matrix, which is generated by a matrix calculator 46 and passed to the USAC
decoder 6. The information processed by the matrix calculator is typically the

downmix matrix provided by the format conversion module 9, 10.

The format conversion processing block 9, 10 converts the audio data to be
suitable for playback on a loudspeaker setup 45, which can differ from the
reference loudspeaker setup 42. This setup is called target loudspeaker set-
up 45.

Downmixing describes the case when a lower number of loudspeakers than
is present in the reference loudspeaker setup 42 is used in the target loud-

speaker setup 45.

In Fig. 6 a core decoder 6 is shown, which provides a core decoder output
signal comprising the output channels 13.1 to 13.6 suitable for a 5.1 refer-
ence loudspeaker set up 42, which comprises a left front loudspeaker chan-
nel L, a right front loudspeaker channel R, a left surround loudspeaker chan-
nel LS, a right surround loudspeaker channel RS, a center front loudspeaker
channel C and a low frequency enhancement loudspeaker channel LFE. The
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output channels 13.1 and 13.2 are created by the processor 36 on the basis
of channel pair elements (ID_USAC_CPE), which are fed to the processor
36, as decorrelated channels 13.1 and 13.2, when the decorrelator 39 of the

processor 36 is switched on.

The left front loudspeaker channel L, the right front loudspeaker channel R,
the left surround loudspeaker channel LS, the right surround loudspeaker
channel RS and the center front loudspeaker channel C are main channels,
whereas the low frequency enhancement loudspeaker channel LFE is op-

tional.

In the same way the output channels 13.3 and 13.4 are created by the pro-
cessor 36’ on the basis of channel pair elements (ID_USAC_CPE), which are
fed to the processor 36’, as decorrelated channels 13.3 and 13.4, when the

decorrelator 39’ of the processor 36’ is switched on.

The output channel 13.5 is based on single channel elements
(ID_USAC_SCE), whereas the output channel 13.6 is based on low frequen-
cy enhancement elements ID_USAC_LFE.

In case that six suitable loudspeakers are available, the core decoder output
signal 13 may be used for playback without any downmixing. However, in
case that only a stereo loudspeaker set is available, the core decoder output

signal 13 may be downmixed.

Typically the downmixing processing can be described by a downmix matrix

which defines scaling factors for each source channel to each target channel.

E.g. ITU BS775 defines the following downmix matrix for downmixing 5.1
main channels to stereo, which maps the channels L, R, C, LS and RS to the

stereo channels L' and R'.
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u __(1,0 0,0 0,7071 0,701 0,0 )
PMX ™ \0,0 1,0 0,7071 0,0 10,7071

The downmix matrix has the dimension m x n where n is the number of

source channels and m is the number of destination channels.

S5  From the downmix matrix M, a so called mix matrix M,,,, is deduced in the
matrix calculator processing block, which describes which of the source

channels are being combined. It has the dimension n x n.

My, (i, ) = {1,ifcharmel and channel are combined by downmixing
mix\b]) = 0, otherwise

10  Please note that M, is a symmetric matrix.

For the above example of downmixing 5 channels to stereo the mix matrix

My, is as follows:

10110
01101
My,=]111111
10110
01101
15
A method for obtaining the Mix Matrix is given by the following pseudo code:
Muix = zero n x n Matrix
fori=1tom
20 forj=1ton
set j=0
if Mpmx(i, j) > thr
set j=1
end

25 fork=1ton



10

15

20

25

30

WO 2015/010937 PCT/EP2014/065037

29

set k=0

if Mpmx(i, k) > thr
set k=1

end

ifset j==1and set_k ==
Mwix(G, k)= 1
end
end
end

end
As an example the threshold thr can be set to zero.

Each OTT decoding block yields two output channels corresponding to chan-
nel number i and j. If the mix matrix M,,;,(i,j) equals one, decorrelation is

switched off for this decoding block.

To omit of the decorrelator 39 the elements g™ are set to zero. Alternatively

the decorrelation path can be omitted, as depicted below.

This results in the elements H12j7. and H2257. of the upmix matrix R5™ be-
ing set to zero or being omitted, respectively. (See "6.5.3.2 Derivation of arbi-

trary matrix element" of Ref. [2] for details).

In another preferred embodiment the elements H1157. and H2147 of the

upmix matrix Ré‘m shall be calculated by setting ICCY™ = 1.

Fig 7 illustrates the downmix of the main channels L, R, LS, LR, and C to ste-
reo channels L’ and R'. As the channels L and R created by the processor 36
are not mixed in a common channel of the output audio signal 31, the decor-

relator 39 of the processor 36 remains switched on. In the same way, the
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decorrelator 39’ of the processor 36’ remains switched on as the channels LS
and RS created by the processor 36’ are not mixed in a common channel of
the output audio signal 31. The low frequency enhancement loudspeaker
channel LFE might be used optionally.

Fig. 8 illustrates a downmix of the 5.1 reference loudspeaker set up 42
shown in Fig. 6 to a 4.0 target loudspeaker setup 45. As the channels L and
R created by the processor 36 are not mixed in a common channel of the
output audio signal 31, the decorrelator 39 of the processor 36 remains
switched on. However, the channels 13.3 (LS in Fig. 6) and 13.4 (RS in
Fig.6) created by the processor 36’ are mixed in a common channel 31.3 of
the output audio signal 31 in order to form a center surround loudspeaker
channel CS. Therefore, the decorrelator 39’ of the processor 36’ is switched
off, so that the channel 13.3 is a center surround loudspeaker channel CS’
and so that the channel 13.4 is a center surround loudspeaker channel CS”.
By doing so, a modified reference loudspeaker setup 42’ is generated. Note
that the channels CS’ and CS” are correlated but not identical.

For completeness it has to be added that the channels 13.5 (C) and 13.6
(LFE) are mixed in a common channel 31.4 of the output audio signal 31 in

order to form a center front loudspeaker channel C.

In Fig. 9 a core decoder 6 is shown, which provides a core decoder output
signal 13 comprising the output channels 13.1 to 13.10 suitable for a 9.1 ref-
erence loudspeaker set up 42, which comprises a left front loudspeaker
channel L, a left front center loudspeaker channel LC, a left surround loud-
speaker channel LS, a left surround vertical height rear LVR, a right front
loudspeaker channel R, a right surround loudspeaker channel RS, a right
front center loudspeaker channel RC, a right surround loudspeaker channel
RS, a left surround vertical height rear RVR, a center front loudspeaker

channel C and a low frequency enhancement loudspeaker channel LFE.
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The output channels 13.1 and 13.2 are created by the processor 36 on the
basis of channel pair elements (ID_USAC_CPE), which are fed to the pro-
cessor 36, as decorrelated channels 13.1 and 13.2, when the decorrelator 39

of the processor 36 is switched on.

Analogous the output channels 13.3 and 13.4 are created by the processor
36’ on the basis of channel pair elements (ID_USAC_CPE), which are fed to
the processor 36’, as decorrelated channels 13.3 and 13.4, when the decor-

relator 39’ of the processor 36’ is switched on.

Further, the output channels 13.5 and 13.6 are created by the processor 36"
on the basis of channel pair elements (ID_USAC_CPE), which are fed to the
processor 36", as decorrelated channels 13.5 and 13.6, when the decorrela-

tor 39” of the processor 36" is switched on.

Moreover, the output channels 13.7 and 13.8 are created by the processor
36" on the basis of channel pair elements (ID_USAC_CPE), which are fed to
the processor 36", as decorrelated channels 13.7 and 13.8, when the decor-

relator 39" of the processor 36" is switched on.

The output channel 13.9 is based on single channel elements
(ID_USAC_SCE), whereas the output channel 13.10 is based on low fre-
quency enhancement elements ID_USAC _LFE.

Fig. 10 illustrates a downmix of the 9.1 reference loudspeaker set up 42
shown in Fig. 9 to a 5.1 target loudspeaker setup 45. As the channels 13.1
and 13.2 created by the processor 36 are mixed in a common channel 31.1
of the output audio signal 31 in order to form a left front loudspeaker channel
L', the decorrelator 39 of the processor 36 is switched off, so that the channel
13.1is a left front loudspeaker channel L' and so that the channel 13.2 is a

left front loudspeaker channel L”.
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Further, the channels 13.3 and 13.4 created by the processor 36’ are mixed
in a common channel 31.2 of the output audio signal 31 in order to form a left
surround loudspeaker channel LS. Therefore, the decorrelator 39’ of the pro-
cessor 36’ is switched off, so that the channel 13.3 is a left surround loud-
speaker channel LS’ and so that the channel 13.4 is a left surround loud-

speaker channel LS”.

As the channels 13.5 and 13.6 created by the processor 36" are mixed in a
common channel 31.3 of the output audio signal 31 in order to form a right
front loudspeaker channel L, the decorrelator 39” of the processor 36" is
switched off, so that the channel 13.5 is a right front loudspeaker channel R’
and so that the channel 13.2 is a right front loudspeaker channel R”.

Moreover, the channels 13.7 and 13.8 created by the processor 36 are
mixed in a common channel 31.4 of the output audio signal 31 in order to
form a right surround loudspeaker channel RS. Therefore, the decorrelator
39" of the processor 36 is switched off, so that the channel 13.7 is a right
surround loudspeaker channel RS’ and so that the channel 13.8 is a right

surround loudspeaker channel RS”.

By doing so, a modified reference loudspeaker setup 42’ is generated,
wherein the number of the incoherent channels of the core decoder output
signal 13 is equal to the number of the loudspeaker channels of the target set
up 45.

It has to be noted that this processing shall only be applied for frequency
bands where decorrelation is applied. Frequency bands where residual cod-

ing is used are not affected.

A mentioned before, the invention is applicable for binaural rendering. Binau-
ral playback typically happens on headphones and/or mobile devices. There,

constraints may exist, which limit the decoder and rendering complexity.
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Reduction/Omission of decorrelator processing may be performed. In case
the audio signal is eventually processed for binaural playback, it is proposed

to omit or reduce decorrelation in all or some OTT decoding blocks.

This avoids artifacts from downmixing audio signals that were decorrelated in
the decoder.

The number of decoded output channels for binaural rendering may be re-
duced. In addition to omit decorrelation, it may be desirable to decode to a
lower number of incoherent output channels which then results in a lower
number of incoherent input channels for binaural rendering. E.g. original 22.2
channel material, decoding to 5.1 and binaural rendering of only 5 channels

instead of 22, if decoding takes place on a mobile device.

To reduce the overall decoder complexity it is proposed to apply the following

processing:

A) Define a target loudspeaker setup with a lower number of channels
than the original channel configuration. The number of target channels

depends on quality and complexity constraints.

To reach the target loudspeaker setup two possibilities B1 and B2 exist,

which can also be combined:

B1) Decode to a lower number of channels, i.e. by skipping the complete
OTT processing block in the decoder. This requires an information
path from the binaural renderer into the (USAC) core decoder to con-

trol the decoder processing.

B2) Apply a format conversion (i.e. downmixing) step from the original

loudspeaker channel configuration or an intermediate channel configu-
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ration to the target loudspeaker setup. This can be done in a post pro-
cessing step after the (USAC) core decoder and does not require an

altered decoding process.

Finally step C) is performed:

C) Perform binaural rendering of a lower number of channels.

Application for SAOC decoding

The methods described above can also be applied to parametric object cod-
ing (SAOC) processing.

Format conversion with reduction/omission of decorrelator processing may
be performed. If format conversion is applied after SAOC decoding, infor-
mation from the format converter to the SAOC decoder is transmitted. With
such information correlation inside the SAOC decoder is controlled to reduce
the amount of artificially decorrelated signals. This information can be the full

downmix matrix or derived information.

Further, binaural rendering with reduction/omission of decorrelator pro-
cessing may be executed. In case of parametric object coding (SAOC),
decorrelation is applied in the decoding process. The decorrelation pro-
cessing inside the SAOC decoder should be omitted or reduced if binaural

rendering follows.

Moreover, binaural rendering with reduced number of channels may be exe-
cuted. If binaural playback is applied after SAOC decoding, the SAOC de-
coder can be configured to render to a lower number of channels, using a
downmix matrix which is constructed based on the information from the for-

mat converter.
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As decorrelation filtering requires substantial computational complexity, the

overall decoding workload can largely be reduced by the proposed method.

Although the all pass filters are designed in a way to have minimum impact
on the subjective sound quality, it cannot always be avoided that audible arti-
facts are introduced. E.g. smearing of transients due to phase distortions or
"ringing” of certain frequency components. Therefore, an improvement of
audio sound quality can be achieved, as side effects of the decorrelation fil-
tering process are omitted. In addition any unmasking of such decorrelator
artifacts by subsequent downmixing, upmixing or binaural processing is

avoided.

Additionally, methods for complexity reduction in case of binaural rendering
in combination with a (USAC) core decoder or a SAOC decoder have been
discussed.

With respect to the decoder and encoder and the methods of the described

embodiments the following is mentioned:

Although some aspects have been described in the context of an apparatus,
it is clear that these aspects also represent a description of the correspond-
ing method, where a block or device corresponds to a method step or a fea-
ture 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 in-
vention 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
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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 hav-
ing electronically readable control signals, which are capable of cooperating
with a programmable computer system, such that one of the methods de-
scribed 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.

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 com-
puter program having a program code for performing one of the methods de-

scribed 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, rec-
orded thereon, the computer program for performing one of the methods de-
scribed 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.
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A further embodiment comprises a processing means, for example a com-
puter, 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 pro-
grammable gate array) may be used to perform some or all of the functionali-
ties of the methods described herein. In some embodiments, a field pro-
grammable gate array may cooperate with a microprocessor in order to per-
form one of the methods described herein. Generally, the methods are ad-

vantageously performed by any hardware apparatus.

While this invention has been described in terms of several embodiments,
there are alterations, permutations, and equivalents which fall within the
scope of this invention. It should also be noted that there are many alterna-
tive ways of implementing the methods and compositions of the present in-
vention. It is therefore intended that the following appended claims be inter-
preted as including all such alterations, permutations and equivalents as fall

within the true spirit and scope of the present invention.
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Claims

1. An audio decoder device for decoding a compressed input audio signal

comprising

at least one core decoder having one or more processors for generating a
processor output signal based on a processor input signal, wherein a
number of output channels of the processor output signal is higher than
a number of input channels of the processor input signal, wherein each of
the one or more processors comprises a decorrelator and a mixer,
wherein a core decoder output signal having a plurality of channels com-
prises the processor output signal, and wherein the core decoder output

signal is suitable for a reference loudspeaker setup;

at least one format converter device configured to convert the core de-
coder output signal into an output audio signal, which is suitable for a

target loudspeaker setup; and

a control device configured to control at least one or more processors in
such way that the decorrelator of the processor may be controlled inde-
pendently from the mixer of the processor, wherein the control device is
configured to control at least one of the decorrelators of the one or more
processors in such way that, depending on the target loudspeaker setup,
the mixer of the processor is operational when the decorrelator of the

processor is switched off.

A decoder device according to claim 1, wherein the control device is
configured to deactivate at least one or more processors so that input

channels of the processor input signal are fed
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to output channels of the processor output signal in an unprocessed
form.

A decoder device according to claim 1 or 2, wherein the processor is a
one input two output decoding tool, wherein the decorrelator is config-
ured to create a decorrelated signal by decorrelating at least one of the
channels of the processor input signal, wherein the mixer mixes the pro-
cessor input signal and the decorrelated signal based on a channel level
difference signal and/or an inter-channel coherence signal, so that the

processor output signal consists of two incoherent output channels.

A decoder device according to claim 3, wherein the control device is con-
figured to switch off the decorrelator of one of the processors by setting
the decorrelated signal to zero or by preventing the mixer to mix the
decorrelated signal into the processor output signal of the respective pro-

Ccessor.

A decoder device according to one of the claims 1 to 4, wherein the core
decoder is a decoder for both music and speech, such as an USAC de-
coder, wherein the processor input signal of at least one of the proces-
sors contain channel pair elements, such as USAC channel pair ele-

ments.

A decoder device according to one of the claims 1 to 5, wherein the core

decoder is a parametric object coder, such as a SAOC decoder.

A decoder device according to one of the claims 1 to 6, wherein the num-
ber of loudspeakers of the reference loudspeaker setup is higher than a

number of loudspeakers of the target loudspeaker setup.
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. A decoder device according to one of the claims 1 to 7, wherein the con-

trol device is configured to switch off the decorrelators for at least one
first of said output channels of the processor output signal and one sec-
ond of said output channels of the processor output signal, if the first of
said output channels and the second of said output channels are, de-
pending on the target loudspeaker setup, mixed into a common channel
of the output audio signal, provided a first scaling factor for mixing the first
of said output channels into the common channel exceeds a first thresh-
old and/or a second scaling factor for mixing the second of said output

channels into the common channel exceeds a second threshold.

. A decoder device according to one of the claims 1 to 8, wherein the con-

trol device is configured to receive a set of rules from the format con-
verter device according to which the format converter device mixes the
channels of the core decoder output signal into the channels of the out-
put audio signal depending on the target loudspeaker setup, wherein the
control device is configured to control the at least one of the processors
depending on the received set of rules.

10. A decoder device according to one of the claims 1 to 9, wherein the con-

trol device is configured to control the decorrelators of the processors in
such way that a number of incoherent channels of the core decoder out-
put signal is equal to the number of the channels of the output audio sig-

nal.

11. A decoder device according to one of the claims 1 to 10, wherein the for-

mat converter device comprises a downmixer for downmixing the core

decoder output signal.
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12. A decoder device according to one of the claims 1 to 11, wherein the for-

mat converter device comprises a binaural renderer.

13. A decoder device according to claim 12, wherein the core decoder output
signal is fed to the binaural renderer as a binaural renderer input signal.

14. A decoder device according to claim 11 and to one of the claims 12 to 13,
wherein a downmixer output signal of the downmixer is fed the binaural

renderer as a binaural renderer input signal.

15. A method for decoding a compressed input audio signal, the method

comprising the steps:

providing at least one core decoder having one or more processors for
generating a processor output signal based on a processor input signal,
wherein a number of output channels of the processor output signal is
higher than a number of input channels of the processor input signal,
wherein each of the one or more processors comprises a decorrelator
and a mixer, wherein a core decoder output signal having a plurality of
channels comprises the processor output signal, and wherein the core

decoder output signal is suitable for a reference loudspeaker setup;

providing at least one format converter device configured to convert the
core decoder output signal into an output audio signal, which is suitable

for a target loudspeaker setup; and

providing a control device configured to control at least one or more pro-
cessors in such way that the decorrelator of the processor may be con-

trolled independently from the mixer
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of the processor, wherein the control device is configured to control at
least one of the decorrelators of the one or more processors in such way
that, depending on the target loudspeaker setup, the mixer of the proces-

sor is operational when the decorrelator of the processor is switched off.

16. A computer program for implementing the method of claim 15 when being

executed on a computer or signal processor.



