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APPARATUS AND METHOD FOR MDCT M/S STEREO WITH GLOBAL ILD
TO IMPROVE MID/SIDE DECISION

Description

The present invention relates to audio signal encoding and audio signal decoding and, in
particular, to an apparatus and method for MDCT M/S Stereo with Global ILD with
improved Mid/Side Detection.

Band-wise M/S processing (M/S = Mid/Side) in MDCT-based coders (MDCT = Modified
Discrete Cosine Transform) is a known and effective method for stereo processing. Yet, it
is not sufficient for panned signals and an additional processing, such as complex

prediction or a coding of angles between a mid and a side channel, is required.

in [1], [2], [3] and [4], M/S processing on windowed and transformed non-normalized (not

whitened) signals is described.

In [7], prediction between mid and side channels is described. In [7], an encoder is
disclosed which encodes an audio signal based on a combination of two audio channels.

The audio encoder obtains a combination signal being a mid-signal, and further obtains a

data stream together with the prediction information. Moreover, [7] discloses a decoder
which generates decoded first and second audio channels using the prediction residual

signal, the first combination signal and the prediction information.

In [5], the application of M/S stereo coupling after normalization separately on each band
is described. In particular, [5] refers to the Opus codec. Opus encodes the mid signal and
side signal as normalized signals m = M/ |M|| and s = s/|[s||. To recover M
and S from m and s, the angle ¢, = arctan(][S|1/1IM||) is encoded. With N
being the size of the band and with a being the total number of bits available for m and s,

the optimal allocation for m is agq = (& — (N - 1) logy tan 8g)/2 .

In known approaches (e.g in [2] and [4]), complicated rate/distortion loops are combined
with the decision in which bands channels are to be transformed (e.g., using M/S, which
also may be followed by M to S prediction residual calculation from [7]), in order to reduce

the correlation between channels. This complicated structure has high computational cost.
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Separating the perceptual model from the rate loop (as in [6a], [6b] and [13]) significantly

simplifies the system.

Also, coding of the prediction coefficients or angles in each band requires a significant

number of bits (as for example in [5] and [7])..

In 1], [3] and [5] only single decision over the whole spectrum is carried out to decide if
the whole spectrum should be M/S or L/R coded.

M/S coding is not efficient, if an ILD (interaural level difference) exists, that is, if channels

are panned.

As outlined above, it is known that band-wise M/S processing in MDCT-based coders is
an effective method for stereo processing. The M/S processing coding gain varies from
0% for uncorrelated channels to 50% for monophonic or for a 7/2 phase difference
between the channels. Due to the stereo unmasking and inverse unmasking (see [1]), itis

important to have a robust M/S decision.

In [2], each band, where masking thresholds between left and right vary by less than 2dB,
M/S coding is chosen as coding method.

in [1], the M/S decision is based on the estimated bit consumption for M/S coding and for
L/R coding (L/R = left/right) of the channels. The bitrate demand for M/S coding and for
L/R coding is estimated from the spectra and from the masking thresholds using
perceptual entropy (PE). Masking thresholds are calculated for the left and the right
channel. Masking thresholds for the mid channel and for the side channel are assumed to

be the minimum of the left and the right thresholds.

Moreover, [1] describes how coding thresholds of the individual channels to be encoded
are derived. Specifically, the coding thresholds for the left and the right channels are
calculated by the respective perceptual models for these channels. In [1], the coding
thresholds for the M channel and the S channel are chosen equally and are derived as the
minimum of the left and the right coding thresholds

Moreover, [1] describes deciding between L/R coding and M/S coding such that a good
coding performance is achieved. Specifically, a perceptual entropy is estimated for the L/R
encoding and M/S encoding using the thresholds.
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In [1] and [2], as well as in [3] and [4], M/S processing is conducted on windowed and
transformed non-normalized (not whitened) signal and the M/S decision is based on the

masking threshold and the perceptual entropy estimation.

In [5], an energy of the left channel and the right channel are explicitly coded and the
coded angle preserves the energy of the difference signal. It is assumed in [5] that M/S
coding is safe, even if L/R coding is more efficient. According to [5], L/R coding is only

chosen when the correlation between the channels is not strong enough.

Furthermore, coding of the prediction coefficients or angles in each band requires a
significant number of bits (see, for example, [5] and [7]).

It would therefore be highly appreciated if improved concepts for audio encoding and
audio decoding would be provided.

The object of the present invention is to provide improved concepts for audio signal
encoding, audio signal processing and audio signal decoding. The object of the present
invention is solved by an audio decoder according to claim 1, by an apparatus according
to claim 23, by a method according to claim 37, by a method according to claim 38, and
by a computer program according to claim 39.
According to an embodiment, an apparatus for encoding a firs
channel of an audio input signal comprising fwo or more channels to obtain an encoded

audio signal is provided.

The apparatus for encoding comprises a normalizer configured to determine a
normalization value for the audio input signal depending on the first channel of the audio
input signal and depending on the second channel of the audio input signal, wherein the
normalizer is configured to determine a first channel and a second channel of a
normalized audio signal by modifying, depending on the normalization value, at least one
of the first channel and the second channel of the audio input signal.

Moreover, the apparatus for encoding comprises an encoding unit being configured to
generate a processed audio signal having a first channel and a second channel, such that
one or more spectral bands of the first channel of the processed audio signal are one or
more spectral bands of the first channel of the normalized audio signal, such that one or
more spectral bands of the second channel of the processed audio signal are one or more

spectral bands of the second channel of the normalized audio signal, such that at least
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one spectral band of the first channel of the processed audio signal is a spectral band of a
mid signal depending on a spectral band of the first channel of the normalized audio
signal and depending on a spectral band of the second channel of the normalized audio
signal, and such that at least one spectral band of the second channel of the processed
audio signal is a spectral band of a side signal depending on a spectral band of the first
channel of the normalized audio signal and depending on a spectral band of the second
channel of the normalized audio signal. The encoding unit is configured to encode the

processed audio signal to obtain the encoded audio signal.

Moreover, an apparatus for decoding an encoded audio signal comprising a first channel
and a second channel to obtain a first channel and a second channel of a decoded audio

signal comprising two or more channels is provided.

The apparatus for decoding comprises a decoding unit configured to determine for each
spectral band of a plurality of spectral bands, whether said spectral band of the first
channel of the encoded audio signal and said spectral band of the second channel of the
encoded audio signal was encoded using dual-mono encoding or using mid-side

encoding.

The decoding unit is configured to use said spectral band of the first channel of the
encoded audio signal as a spectral band of a first channel of an intermediate audio signal
and is configured to use said spectral band of the second channel of the encoded audio
signal as a spectral band of a second channel of the intermediate audio signal, if the dual-

mono encoding was used.

Moreover, the decoding unit is configured to generate a spectral band of the first channel
of the intermediate audio signal based on said spectral band of the first channel of the
encoded audio signal and based on said spectral band of the second channel of the
encoded audio signal, and to generate a spectral band of the second channel of the
intermediate audio signal based on said spectral band of the first channel of the encoded
audio signal and based on said spectral band of the second channel of the encoded audio

signal, if the mid-side encoding was used.

Furthermore, the apparatus for decoding comprises a de-normalizer configured to modify,
depending on a de-normalization value, at least one of the first channel and the second
channel of the intermediate audio signal to obtain the first channel and the second

channel of the decoded audio signal.
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Moreover, a method for encoding a first channel and a second channel of an audio input
signal comprising two or more channels to obtain an encoded audio signal is provided.

The method comprises:

- Determining a normalization value for the audio input signal depending on the first
channel of the audio input signal and depending on the second channel of the

audio input signal.

- Determining a first channel and a second channel of a normalized audio signal by
modifying, depending on the normalization value, at least one of the first channel

and the second channel of the audio input signal.

- Generate a processed audio signal having a first channel and a second channel,
such that one or more spectral bands of the first channel of the processed audio
signal are one or more spectral bands of the first channel of the normalized audio
signal, such that one or more spectral bands of the second channel of the
processed audio signal are one or more spectral bands of the second channel of
the normalized audio signal, such that at least one spectral band of the first
channel of the processed audio signal is a spectral band of a mid signal depending
on a spectral band of the first channel of the normalized audio signal and
depending on a spectral band of the second channel of the normalized audio

signal, and such that at | t one spec tra

east one spectral band o
processed audio signal is a spectral band of a side signal depending on a spectral
band of the first channel of the normalized audio signal and depending on a
spectral band of the second channel of the normalized audio signal, and encoding

the processed audio signal to obtain the encoded audio signal.

Furthermore, a method for decoding an encoded audio signal comprising a first channel
and a second channel to obtain a first channel and a second channel of a decoded audio

signal comprising two or more channels is provided. The method comprises:

- Determining for each spectral band of a plurality of spectral bands, whether said
spectral band of the first channel of the encoded audio signal and said spectral
band of the second channel of the encoded audio signal was encoded using dual-

mono encoding or using mid-side encoding.

- Using said spectral band of the first channel of the encoded audio signal as a

spectral band of a first channel of an intermediate audio signal and using said
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spectral band of the second channel of the encoded audio signal as a spectral
band of a second channel of the intermediate audio signal, if the dual-mono

encoding was used.

- Generating a spectral band of the first channel of the intermediate audio signal
based on said spectral band of the first channel of the encoded audio signal and
based on said spectral band of the second channel of the encoded audio signal,
and generating a spectral band of the second channel of the intermediate audio
signal based on said spectral band of the first channel of the encoded audio signal
and based on said spectral band of the second channel of the encoded audio

signal, if the mid-side encoding was used. And:

- Modifying, depending on a de-normalization value, at least one of the first channel
and the second channel of the intermediate audio signal to obtain the first channel

and the second channel of a decoded audio signal.

Moreover, computer programs are provided, wherein each of the computer programs is
configured to implement one of the above-described methods when being executed on a

computer or signal processor.

According to embodiments, new concepts are provided that are able to deal with panned

signais using minimai side information

According to some embodiments, FDNS (FDNS = Frequency Domain Noise Shaping) with
the rate-loop is used as described in [6a] and [6b] combined with the spectral envelope
warping as described in [8]. In some embodiments, a single ILD parameter on the FDNS-
whitened spectrum is used followed by the band-wise decision, whether M/S coding or
L/R coding is used for coding. In some embodiments, the M/S decision is based on the
estimated bit saving. In some embodiments, bitrate distribution among the band-wise M/S

processed channels may, e.g., depend on energy.

Some embodiments provide a combination of single global ILD applied on the whitened
spectrum, followed by the band-wise M/S processing with an efficient M/S decision
mechanism and with a rate-loop that controls the one single giobal gain.

Some embodiments inter alia employ FDNS with rate-loop, for example, based on [6a] or

e warping, for example based on [8]. Thes

0]

embodiments provide an efficient and very effective way for separating perceptual
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shaping of quantization noise and rate-loop. Using the single ILD parameter on the FDNS-
whitened spectrum allows simple and effective way of deciding if there is an advantage of
M/S processing as described above. Whitening the spectrum and removing the ILD allows
efficient M/S processing. Coding single global ILD for the described system is enough and

thus bit saving is achieved in contrast to known approaches.

According to embodiments, the M/S processing is done based on a perceptually whitened
signal. Embodiments determine coding thresholds and determine, in an optimal manner, a
decision, whether an L/R coding or a M/S coding is employed, when processing

perceptually whitened and ILD compensated signals.
Moreover, according to embodiments, a new bitrate estimation is provided.

In contrast to [1]-[5], in embodiments, the perceptual model is separated from the rate
loop as in [6a], [6b]} and [13].

Even though the M/S decision is based on the estimated bitrate as proposed in [1], in

contrast to [1] the difference in the bitrate demand of the M/S and the L/R coding is not

dependent on the masking thresholds determined by a perceptual model. Instead the

bitrate demand is determined by a lossless entropy coder being used. In other words:

instead of deriving the bitrate demand from the perceptual entropy of the original signal,
q . .

=
=,
=
@
5
D
QA
@

In* contrast to [1]-[5], in embodiments, the M/S decision is determined based on a
perceptually whitened signal, and a better estimate of the required bitrate is obtained. For
this purpose, the arithmetic coder bit consumption estimation as described in [6a] or [6b]
may be applied. Masking thresholds do not have to be explicitly considered.

In [1], the masking thresholds for the mid and the side channels are assumed to be the
minimum of the left and the right masking thresholds. Spectral noise shaping is done on
the mid and the side channel and may, e.g., be based on these masking thresholds.

According to embodiments, spectral noise shaping may, e.g., be conducted on the left and
the right channel, and the perceptual envelope may, in such embodiments, be exactly

applied where it was estimated.
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Furthermore, embodiments are based on the finding that M/S coding is not efficient if ILD
exists, that is, if channels are panned. To avoid this, embodiments use a single ILD

parameter on the perceptually whitened spectrum.

According to some embodiments, new concepts for the M/S decision are provided that

process a perceptually whitened signal.

According to some embodiments, the codec uses new concepts that were not part of

classic audio codecs, e.g., as described in [1].

According to some embodiments, perceptually whitened signals are used for further

coding, e.g., similar to the way they are used in a speech coder.

Such an approach has several advantages, e.g., the codec architecture is simplified, a
compact representation of the noise shaping characteristics and the masking threshold is
achieved, e.g., as LPC coefficients. Moreover, transform and speech codec architectures

are unified and thus a combined audio/speech coding is enabled.
Some embodiments employ a global ILD parameter to efficiently code panned sources.

In embodiments, the codec employs Frequency Domain Noise Shaping (FDNS) to
[

d in [Tagay]

1oaj or Eb]

perceptually whiten the signal with the rate-loop, for example, as descri
combined with the spectral envelope warping as described in [8]. In such embodiments,
the codec may, e.g., further use a single ILD parameter on the FDNS-whitened spectrum
followed by the band-wise M/S vs L/R decision. The band-wise M/S decision may, e.g., be
based on the estimated bitrate in each band when coded in the L/R and in the M/S mode.
The mode with least required bits is chosen. Bitrate distribution among the band-wise M/S

processed channels is based on the energy.

Some embodiments apply a band-wise M/S decision on a perceptually whitened and ILD
compensated spectrum using the per band estimated number of bits for an entropy coder.

In some embodiments, FDNS with the rate-loop, for example, as described in [6a] or [6b]
combined with the spectral envelope warping as described in [8], is employed. This
provides an efficient, very effective way separating perceptual shaping of quantization
noise and rate-loop. Using the single {LD parameter on the FDNS-whitened spectrum
allows simple and effective way of deciding if there is an advantage of M/S processing as

described. Whitening the spectrum and removing the ILD allows efficient M/S processing.
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Coding single global ILD for the described system is enough and thus bit saving is
achieved in contrast to known approaches.

Embodiments modify the concepts provided in [1] when processing perceptually whitened
and ILD compensated signals. In particular, embodiments employ an equal global gain for
L, R, M and S, that together with the FDNS forms the coding thresholds. The global gain
may be derived from an SNR estimation or from some other concept.

The proposed band-wise M/S decision precisely estimates the number of required bits for
coding each band with the arithmetic coder. This is possible because the M/S decision is
done on the whitened spectrum and directly followed by the quantization. There is no

need for experimental search for thresholds.

In the following, embodiments of the present invention are described in more detail with
reference to the figures, in which:

Fig. 1a illustrates an apparatus for encoding according to an embodiment,

Fig. 1b illustrates an apparatus for encoding according to another embodiment,
wherein the apparatus further comprises a transform unit and a
preprocessing unit,

Fig. 1c illustrates an apparatus for encoding according to a further embodiment,
wherein the apparatus further comprises a transform unit,

Fig. 1d illustrates an apparatus for encoding according to a further embodiment,

wherein the apparatus comprises a preprocessing unit and a transform unit,

Fig. 1e illustrates an apparatus for encoding according to a further embodiment,
wherein the apparatus furthermore comprises a spectral-domain

preprocessor,
Fig. 1f illustrates a system for encoding four channels of an audio input signal
comprising four or more channels to obtain four channels of an encoded

audio signal according to an embodiment,

Fig. 2a illustrates an apparatus for decoding according to an embodiment,
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illustrates an apparatus for decoding according to an embodiment further

comprising a transform unit and a postprocessing unit,

illustrates an apparatus for decoding according to an embodiment, wherein

the apparatus for decoding furthermore comprises a transform unit,

illustrates an apparatus for decoding according to an embodiment, wherein

the apparatus for decoding furthermore comprises a postprocessing unit,

illustrates an apparatus for decoding according to an embodiment, wherein
the apparatus furthermore comprises a spectral-domain postprocessor,

illustrates a system for decoding an encoded audio signal comprising four
or more channels to obtain four channels of a decoded audio signal
comprising four or more channels according to an embodiment,

illustrates a system according to an embodiment,

illustrates an apparatus for encoding according to a further embodiment,

illustrates stereo processing modules in an apparatus for encoding

illustrates an apparatus for decoding according to another embodiment,

illustrates a calculation of a bitrate for band-wise M/S decision according to

an embodiment,

illustrates a stereo mode decision according to an embodiment,

illustrates stereo processing of an encoder side according to embodiments,
which employ stereo filling,

illustrates stereo processing of a decoder side according to embodiments,

which employ stereo filling,

illustrates stereo filling of a side signal on a decoder side according to some

particular embodiments,
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Fig. 12 illustrates stereo processing of an encoder side according to embodiments,

which do not employ stereo filling, and

Fig. 13 illustrates stereo processing of a decoder side according to embodiments,

which do not employ stereo filling.

Fig. 1a illustrates an apparatus for encoding a first channel and a second channel of an
audio input signal comprising two or more channels to obtain an encoded audio signal

according to an embodiment.

The apparatus comprises a normalizer 110 configured to determine a normalization value
for the audio input signal depending on the first channel of the audio input signal and
depending on the second channel of the audio input signal. The normalizer 110 is
configured to determine a first channel and a second channel of a normalized audio signal
by modifying, depending on the normalization value, at least one of the first channel and

the second channel of the audio input signal.

For example, the normalizer 110 may, in an embodiment, for example, be configured to
determine the normalization value for the audio input signal depending on a plurality of
spectral bands the first channel and of the second channel of the audio input signal, the
normalizer 110 may, e.g., be configured to determine the first channel and the second
channel of the normalized audio signal by modifying, depending on the normalization
value, the plurality of spectral bands of at least one of the first channel and the second

channel of the audio input signal.

Or, for example, the normalizer 110 may, e.g., be configured to determine a normalization
value for the audio input signal depending on the first channel of the audio input signal
being represented in a time domain and depending on the second channel of the audio
input signal being represented in the time domain. Moreover, the normalizer 110 is
configured to determine the first channel and the second channel of the normalized audio
signal by modifying, depending on the normalization value, at least one of the first channel
and the second channel of the audio input signal being represented in the time domain.
The apparatus further comprises a transform unit (not shown in Fig. 1a) being configured
to transform the normalized audio signal from the time domain to a spectral domain so
that the normalized audio signal is represented in the spectral domain. The transform unit

is configured to feed the normalized audio signal being represented in the spectral domain
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into the encoding unit 120. For example, the audio input signal may, e.g., be a time-
domain residual signal that results from LPC filtering (LPC = Linear Predictive Coding) two

channels of a time-domain audio signal.

Moreover, the apparatus comprises an encoding unit 120 being configured to generate a
processed audio signal having a first channel and a second channel, such that one or
more spectral bands of the first channel of the processed audio signal are one or more
specitral bands of the first channel of the normalized audio signal, such that one or more
spectral bands of the second channel of the processed audio signal are one or more
spectral bands of the second channel of the normalized audio signal, such that at least
one spectral band of the first channel of the processed audio signal is a spectral band of a
mid signal depending on a spectral band of the first channel of the normalized audio
signal and depending on a spectral band of the second channel of the normalized audio
signal, and such that at least one spectral band of the second channel of the processed
audio signal is a spectral band of a side signal depending on a spectral band of the first
channel of the normalized audio signal and depending on a spectral band of the second
channel of the normalized audio signal. The encoding unit 120 is configured to encode the
processed audio signal to obtain the encoded audio signal.

In an embodiment, the encoding unit 120 may, e.g., be configured to choose between a
full-mid-side encoding mode and a full-dual-mono encoding mode and a band-wise
encoding mode depending on a plurality of spectral bands o
normalized audio signal and depending on a plurality of spectral bands of a second
channe! of the normalized audio signal.

In such an embodiment, the encoding unit 120 may, e.g., be configured, if the full-mid-side
encoding mode is chosen, to generate a mid signal from the first channel and from the
second channel of the normalized audio signal as a first channel of a mid-side signal, to
generate a side signal from the first channel and from the second channel of the
normalized audio signal as a second channel of the mid-side signal, and to encode the

mid-side signal to obtain the encoded audio signal.

According to such an embodiment, the encoding unit 120 may, e.g., be configured, if the
full-dual-mono encoding mode is chosen, to encode the normalized audio signal to obtain

the encoded audio signal.

Moreover, in such an embodiment, the encoding unit 120 may, e.g., be configured, if the

band-wise encoding mode is chosen, to generate the processed audio signal, such that
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one or more spectral bands of the first channel of the processed audio signal are one or
more spectral bands of the first channel of the normalized audio signal, such that one or
more spectral bands of the second channel of the processed audio signal are one or more
spectral bands of the second channel of the normalized audio signal, such that at least
one spectral band of the first channel of the processed audio signal is a spectral band of a
mid signal depending on a spectral band of the first channel of the normalized audio
signal and depending on a spectral band of the second channel of the normalized audio
signal, and such that at least one spectral band of the second channel of the processed
audio signal is a spectral band of a side signal depending on a spectral band of the first
channel of the normalized audio signal and depending on a spectral band of the second
channel of the normalized audio signal, wherein the encoding unit 120 may, e.g., be
configured to encode the processed audio signal to obtain the encoded audio signal.

According to an embodiment, the audio input signal may, e.g., be an audio stereo signal
comprising exactly two channels. For example, the first channel of the audio input signal
may, e.g., be a left channel of the audio stereo signal, and the second channel of the
audio input signal may, e.g., be a right channel of the audio stereo signal.

In an embodiment, the encoding unit 120 may, e.g., be configured, if the band-wise
encoding mode is chosen, to decide for each spectral band of a plurality of spectral bands
of the processed audio signal, whether mid-side encoding is employed or whether dual-

mono encoding is employed.

If the mid-side encoding is employed for said spectral band, the encoding unit 120 may,
e.g., be configured to generate said spectral band of the first channel of the processed
audio signal as a spectral band of a mid signal based on said spectral band of the first
channel of the normalized audio signal and based on said spectral band of the second
channel of the normalized audio signal. The encoding unit 120 may, e.g., be configured to
generate said spectral band of the second channel of the processed audio signal as a
spectral band of a side signal based on said spectral band of the first channel of the
normalized audio signal and based on said spectral band of the second channel of the

normalized audio signal.

If the dual-mono encoding is employed for said spectral band, the encoding unit 120 may,
e.g., be configured to use said spectral band of the first channei of the normalized audio
signal as said spectral band of the first channel of the processed audio signal, and may,
e.g., be configured to use said spectral band of the second channel of the normalized

audio signal as said spectral band of the second channel of the processed audio signal.
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Or the encoding unit 120 is configured to use said spectral band of the second channel of
the normalized audio signal as said spectral band of the first channel of the processed
audio signal, and may, e.g., be configured to use said spectral band of the first channel of
the normalized audio signal as said spectral band of the second channel of the processed

audio signal.

According to an embodiment, the encoding unit 120 may, e.g., be configured to choose
between the full-mid-side encoding mode and the full-dual-mono encoding mode and the
band-wise encoding mode by determining a first estimation estimating a first number of
bits that are needed for encoding when the full-mid-side encoding mode is employed, by
determining a second estimation estimating a second number of bits that are needed for
encoding when the full-dual-mono encoding mode is employed, by determining a third
estimation estimating a third number of bits that are needed for encoding when the band-
wise encoding mode may, e.g., be employed, and by choosing that encoding mode
among the full-mid-side encoding mode and the full-dual-mono encoding mode and the
band-wise encoding mode that has a smallest number of bits among the first estimation
and the second estimation and the third estimation.

In an embodiment, the encoding unit 120 may, e.g., be configured to estimate the third
estimation by, , estimating the third number of bits that are needed for encoding when the

band-wise encoding mode is employed, according to the formula:

nRands -1

—_— .= o i ; 3 i 2
ﬁgsv = Tz L_Ln~d«u na mlﬂ{bbw&e * bbw?«fS}
-
i ,

wherein nBands is a number of spectral bands of the normalized audio signal, wherein
b,ﬁn.m is an estimation for a number of bits that are needed for encoding an i-th spectral
band of the mid signal and for encoding the i-th spectral band of the side signal, and
wherein b, , . is an estimation for a number of bits that are needed for encoding an i-th
spectral band of the first signal and for encoding the i-th spectral band of the second

signal.

In embodiments, an objective quality measure for choosing between the full-mid-side
encoding mode and the full-dual-mono encoding mode and the band-wise encoding mode

may, e.g., be employed.
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According to an embodiment, the encoding unit 120 may, e.g., be configured to choose
between the full-mid-side encoding mode and the full-dual-mono encoding mode and the
band-wise encoding mode by determining a first estimation estimating a first number of
bits that are saved when encoding in the full-mid-side encoding mode, by determining a
second estimation estimating a second number of bits that are saved when encoding in
the full-dual-mono encoding mode, by determining a third estimation estimating a third
number of bits that are saved when encoding in the band-wise encoding mode, and by
choosing that encoding mode among the full-mid-side encoding mode and the full-dual-
mono encoding mode and the band-wise encoding mode that has a greatest number of
bits that are saved among the first estimation and the second estimation and the third

estimation.

In another embodiment, the encoding unit 120 may, e.g., be configured to choose
between the full-mid-side encoding mode and the full-dual-mono encoding mode and the
band-wise encoding mode by estimating a first signal-to-noise ratio that occurs when the
full-mid-side encoding mode is employed, by estimating a second signal-to-noise ratio that
occurs when the full-dual-mono encoding mode is employed, by estimating a third signal-
to-noise ratio that occurs when the band-wise encoding mode is employed, and by
choosing that encoding mode among the full-mid-side encoding mode and the full-dual-
mono encoding mode and the band-wise encoding mode that has a greatest signal-to-
noise-ratio among the first signal-to-noise-ratio and the second signal-to-noise-ratio and
the third signai-to-noise-ratio.

In an embodiment, the normalizer 110 may, e.g., be configured to determine the
normalization value for the audio input signal depending on an energy of the first channel
of the audio input signal and depending on an energy of the second channel of the audio
input signal.

According to an embodiment the audio input signal may, e.g., be represented in a spectral
domain. The normalizer 110 may, e.g., be configured to determine the normalization value
for the audio input signal depending on a plurality of spectral bands the first channel of the
audio input signal and depending on a plurality of spectral bands of the second channel of
the audio input signal. Moreover, the normalizer 110 may, e.g., be configured to determine
the normalized audio signal by modifying, depending on the normalization value, the
plurality of spectral bands of at least one of the first channel and the second channel of

the audio input signal.
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In an embodiment, the normalizer 110 may, e.g., be configured to determine the

normalization value based on the formulae:

NRG, = W}ZIEI;YDCTM;’
NRG, = }ZMDCTE!}{Q

NRG,

ILp=—
NRG, + NRG,

wherein M DCT,, is a k-th coefficient of an MDCT spectrum of the first channel of the
audio input signal, and MDCTg, is the k-th coefficient of the MDCT spectrum of the
second channel of the audio input signal. The normalizer 110 may, e.g., be configured to

determine the normalization value by quantizing ILD.

According to an embodiment illustrated by Fig. 1b, the apparatus for encoding may, e.g.,
further comprise a transform unit 102 and a preprocessing unit 105. The transforrﬁ unit
102 may, e.g., be configured to configured to transform a time-domain audio signal from a
time domain to a frequency domain to obtain a transformed audio signal. The
preprocessing unit 105 may, e.g., be configured to generate the first channel and the
second channel of the audio input signal by applying an encoder-side frequency domain

noise shaping operation on the transformed audio signal.

In a particular embodiment, the preprocessing unit 105 may, e.g., be configured to
generate the first channel and the second channel of the audio input signal by applying an
encoder-side temporal noise shaping operation on the transformed audio signal before
applying the encoder-side frequency domain noise shaping operation on the transformed

audio signal.

Fig. 1c illustrates an apparatus for encoding according to a further embodiment further
comprising a transform unit 115. The normalizer 110 may, e.g., be configured to
determine a normalization value for the audio input signal depending on the first channel
of the audio input signal being represented in a time domain and depending on the
second channel of the audio input signal being represented in the time domain. Moreover,

the normalizer 110 may, e.g., be configured to determine the first channel and the second
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channel of the normalized audio signal by modifying, depending on the normalization
value, at least one of the first channel and the second channel of the audio input signal
being represented in the time domain. The transform unit 115 may, e.g., be configured to
transform the normalized audio signal from the time domain to a spectral domain so that
the normalized audio signal is represented in the spectral domain. Moreover, the
transform unit 115 may, e.g., be configured to feed the normalized audio signal being
represented in the spectral domain into the encoding unit 120.

Fig. 1d illustrates an apparatus for encoding according to a further embodiment, wherein
the apparatus further comprises a preprocessing unit 106 being configured {o receive a
time-domain audio signal comprising a first channel and a second channel. The
preprocessing unit 106 may, e.g., be configured to apply a filter on the first channel of the
time-domain audio signal that produces a first perceptually whitened spectrum to obtain
the first channel of the audio input signal being represented in the time domain. Moreover,
the preprocessing unit 106 may, e.g., be configured to apply the filter on the second
channel of the time-domain audio signal that produces a second perceptually whitened
spectrum to obtain the second channel of the audio input signal being represented in the

time domain.

In an embodiment, illustrated by Fig. 1e, the transform unit 115 may, e.g., be configured to
transform the normalized audio signal from the time domain to the spectral domain to
obtain a ftransformed audio signal. in the embodiment of Fig. 1e, the apparatus
furthermore comprises a spectral-domain preprocessor 118 being configured to conduct
encoder-side temporal noise shaping on the transformed audio signal to obtain the

normalized audio signal being represented in the spectral domain.

According to an embodiment, the encoding unit 120 may, e.g., be configured to obtain the
encoded audio signal by applying encoder-side Stereo Intelligent Gap Filling on the

normalized audio signal or on the processed audio signal.

In another embodiment, illustrated by Fig. 1f, a system for encoding four channels of an
audio input signal comprising four or more channels to obtain an encoded audio signal is
provided. The system comprises a first apparatus 170 according to one of the above-
described embodiments for encoding a first channel and a second channel of the four or
more channels of the audio input signal to obtain a first channel and a second channel of
the encoded audio signal. Moreover, the system comprises a second apparatus 180

according to one of the above-described embodiments for encoding a third channel and a
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fourth channel of the four or more channels of the audio input signal to obtain a third

channel and a fourth channel of the encoded audio signal.

Fig. 2a illustrates an apparatus for decoding an encoded audio signal comprising a first
channel and a second channel to obtain a decoded audio signal according to an
embodiment.

The apparatus for decoding comprises a decoding unit 210 configured to determine for
each spectral band of a plurality of spectral bands, whether said spectral band of the first
channel of the encoded audio signal and said spectral band of the second channel of the
encoded audio signal was encoded using dual-mono encoding or using mid-side

encoding.

The decoding unit 210 is configured to use said spectral band of the first channel of the
encoded audio signal as a spectral band of a first channel of an intermediate audio signal
and is configured to use said spectral band of the second channel of the encoded audio
signal as a spectral band of a second channel of the intermediate audio signal, if the dual-

mono encoding was used.

Moreover, the decoding unit 210 is configured to generate a spectral band of the first
channel of the intermediate audio signal based on said spectral band of the first channel
of the encoded audio signai and based on said spectral band of the second channel of the
encoded audio signal, and to generate a spectral band of the second channel of the
intermediate audio signal based on said spectral band of the first channel of the encoded
audio signal and based on said spectral band of the second channel of the encoded audio

signal, if the mid-side encoding was used.

Furthermore, the apparatus for decoding comprises a de-normalizer 220 configured to
modify, depending on a de-normalization value, at least one of the first channel and the
second channel of the intermediate audio signal to obtain the first channel and the second

channel of the decoded audio signal.

In an embodiment, the decoding unit 210 may, e.g., be configured to determine whether
the encoded audio signal is encoded in a full-mid-side encoding mode or in a full-dual-

mono encoding mode or in a band-wise encoding mode.

Moreover, in such an embodiment, the decoding unit 210 may, e.g., be configured, if it is

determined that the encoded audio signal is encoded in the full-mid-side encoding mode,
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to generate the first channel of the intermediate audio signal from the first channel and
from the second channel of the encoded audio signal, and to generate the second
channel of the intermediate audio signal from the first channel and from the second
channel of the encoded audio signal,

According to such an embodiment, the decoding unit 210 may, e.g., be configured, if it is
determined that the encoded audio signal is encoded in the full-dual-mono encoding
mode, to use the first channel of the encoded audio signal as the first channel of the
intermediate audio signal, and to use the second channel of the encoded audio signal as
the second channel of the intermediate audio signal.

Furthermore, in such an embodiment, the decoding unit 210 may, e.g., be configured, if it
is determined that the encoded audio signal is encoded in the band-wise encoding mode,

- to determine for each spectral band of a plurality of spectral bands, whether said
spectral band of the first channel of the encoded audio signal and said spectral
band of the second channel of the encoded audio signal was encoded using the
dual-mono encoding or the using mid-side encoding,

- to use said spectral band of the first channel of the encoded audio signal as a
spectral band of the first channel of the intermediate audio signal and to use said
spectral band of the second channel of the encoded audio signal as a spectral
band of the second channel of the intermediate audio signal, if the dual-mono

encoding was used, and

- to generate a spectral band of the first channel of the intermediate audio signal
based on said spectral band of the first channel of the encoded audio signal and
based on said spectral band of the second channel of the encoded audio signal,
and to generate a spectral band of the second channel of the intermediate audio
signal based on said spectral band of the first channel of the encoded audio signal
and based on said spectral band of the second channel of the encoded audio
signal, if the mid-side encoding was used.

For example, in the full-mid-side encoding mode, the formulae:

L=(M+S)/sqgrt(2), and
R=(M-S) /sqgrt (2)
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may, e.g., be applied to obtain the first channel 1. of the intermediate audio signal and to
obtain the second channei R of the intermediate audio signal, with M being the first
channel of the encoded audio signal and S being the second channel of the encoded

audio signal.

According to an embodiment, the decoded audio signal may, e.g., be an audio stereo
signal comprising exactly two channels. For example, the first channel of the decoded
audio signal may, e.g., be a left channel of the audio stereo signal, and the second
channel of the decoded audio signal may, e.g., be a right channel of the audio stereo

signal.

According to an embodiment, the de-normalizer 220 may, e.g., be configured to modify,
depending on the de-normalization value, the plurality of spectral bands of at least one of
the first channel and the second channel of the intermediate audio signal to obtain the first
channel and the second channel of the decoded audio signal.

in another embodiment shown in Fig. 2b, the de-normalizer 220 may, e.g., be configured
to modify, depending on the de-normalization value, the plurality of spectral bands of at
least one of the first channel and the second channel of the intermediate audio signal to
obtain a de-normalized audio signal. In such an embodiment, the apparatus may, e.g.,
furthermore comprise a postprocessing unit 230 and a transform unit 235. The
postprocessing unit 230 may, e.g., be coniigured to conduct at least one of decoder-side
temporal noise shaping and decoder-side frequency domain noise shaping on the de-
normalized audio signal to obtain a postprocessed audio signal. The transform unit (235)
may, e.g., be configured to configured to transform the postprocessed audio signal from a
spectral domain to a time domain to obtain the first channel and the second channel of the

decoded audio signal.

According to an embodiment illustrated by Fig. 2c, the apparatus further comprises a
transform unit 215 configured to transform the intermediate audio signal from a spectral
domain to a time domain. The de-normalizer 220 may, e.g., be configured to modify,
depending on the de-normalization value, at least one of the first channel and the second
channel of the intermediate audio signal being represented in a time domain to obtain the
first channel and the second channel of the decoded audio signal.

In similar embodiment, illustrated by Fig. 2d, the transform unit 215 may, e.g., be
configured to transform the intermediate audio signal from a spectral domain to a time

domain. The de-normalizer 220 may, e.g., be configured to modify, depending on the de-
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normalization value, at least one of the first channel and the second channel of the
intermediate audio signal being represented in a time domain to obtain a de-normalized
audio signal. The apparatus further comprises a postprocessing unit 235 which may, e.g.,
be configured to process the de-normalized audio signal, being a perceptually whitened
audio signal, to obtain the first channel and the second channel of the decoded audio

signal.

According to another embodiment, illustrated by Fig. 2e, the apparatus furthermore
comprises a spectral-domain postprocessor 212 being configured to conduct decoder-side
temporal noise shaping on the intermediate audio signal. In such an embodiment, the
transform unit 215 is configured to transform the intermediate audio signal from the
spectral domain to the time domain, after decoder-side temporal noise shaping has been
conducted on the intermediate audio signal.

In another embodiment, the decoding unit 210 may, e.g., be configured to apply decoder-
side Stereo Intelligent Gap Filling on the encoded audio signal.

Moreover, as illustrated in Fig. 2f, a system for decoding an encoded audio signal
comprising four or more channels to obtain four channels of a decoded audio signal
comprising four or more channels is provided. The system comprises a first apparatus 270
according to one of the above-described embodiments for decoding a first channel and a
second channel of the four or more channels of the encoded audio signat to obtain a first
channel and a second channel of the decoded audio signal. Moreover, the system
comprises a second apparatus 280 according to one of the above-described
embodiments for decoding a third channel and a fourth channel of the four or more
channels of the encoded audio signal to obtain a third channel and a fourth channel of the
decoded audio signal.

Fig. 3 illustrates system for generating an encoded audio signal from an audio input signal
and for generating a decoded audio signal from the encoded audio signal according to an

embodiment.

The system comprises an apparatus 310 for encoding according to one of the above-
described embodiments, wherein the apparatus 310 for encoding is configured to

generate the encoded audio signal from the audio input signal.
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Moreover, the system comprises an apparatus 320 for decoding as described above. The
apparatus 320 for decoding is configured to generate the decoded audio signal from the

encoded audio signal.

Similarly, a system for generating an encoded audio signal from an audio input signal and
for generating a decoded audio signal from the encoded audio signal is provided. The
system comprises a system according to the embodiment of Fig. 1f, wherein the system
according to the embodiment of Fig. 1f is configured to generate the encoded audio signal
from the audio input signal, and a system according to the embodiment of Fig. 2f, wherein
the system of the embodiment of Fig. 2f is configured to generate the decoded audio

signal from the encoded audio signal.

In the following, preferred embodiments are described.

Fig. 4 illustrates an apparatus for encoding according to another embodiment. Inter alia, a
preprocessing unit 105 and a transform unit 102 according to a particular embodiment are
illustrated. The transform unit 102 is inter alia configured to conduct a transformation of
the audio input signal from a time domain to a spectral domain, and the transform unit is
configured to encoder-side conduct temporal noise shaping and encoder-side frequency

domain noise shaping on the audio input signal.

H e e )

Moreover, Fig. 5 iliustrates stereo processing modules in an appara

according to an embodiment. Fig. 5 ilustrates a normalizer 110 and an encoding unit 120.

Furthermore, Fig. 6 illustrates an apparatus for decoding according to another
embodiment. Inter alia, Fig. 6 illustrates a postprocessing unit 230 according to a
particular embodiment. The postprocessing unit 230 is inter alia configured to obtain a
processed audio signal from the de-normalizer 220, and the postprocessing unit 230 is
configured to conduct at least one of decoder-side temporal noise shaping and decoder-
side frequency domain noise shaping on the processed audio signal.

Time Domain Transient Detector (TD TD), Windowing, MDCT, MDST and OLA may, e.qg.,
be done as described in [6a] or [6b]. MDCT and MDST form Modulated Complex Lapped
Transform (MCLT); performing separately MDCT and MDST is equivalent to performing
MCLT,; "MCLT to MDCT” represents taking just the MDCT part of the MCLT and
discarding MDST (see [12]).
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Choosing different window lengths in the left and the right channel may, e.g., force dual

mono coding in that frame.

Temporal Noise Shaping (TNS) may, e.g., be done similar as described in [6a] or [6b].

Frequency domain noise shaping (FDNS) and the calculation of FDNS parameters may,
e.g., be similar to the procedure described in [8]. One difference may, e.g., be that the
FDNS parameters for frames where TNS is inactive are calculated from the MCLT
spectrum. In frames where the TNS is active, the MDST may, e.g., be estimated from the
MDCT.

The FDNS may also be replaced with the perceptual spectrum whitening in the time

domain (as, for example, described in [13]).

Stereo processing consists of global ILD processing, band-wise M/S processing, bitrate

distribution among channels.

Single global ILD is calculated as

NRG, = \jZMDCTL__f
N

NRGy = " MDCTy ,*
NRG,
LD = —i———
NRG, + NRG,

where MDCT, ,, is the k-th coefficient of the MDCT spectrum in the left channel and
MDCTy, s the k-th coefficient of the MDCT spectrum in the right channel. The global

IL.D is uniformly quantized:

11D = max(“lgmin(mﬂ,hmgg ~ 1, LD,y - ILD + O.S}))
ILD,, . =1« ILD,,,

PARGE

where [LD,.._ is the number of bits used for coding the global ILD. /LD is stored in

the bitstream.

<< is a bit shift operation and shifts the bits by /L.D,.._ to the left by inserting 0 bits.
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In other words: /LD = 2 D bis

range

The energy ratio of the channels is then:

ILD NRG,
—rangs 4

rangs

ILD NRG,

ratioyg, =

If ratio;, > 1 then the right channel is scaled with L, otherwise the left channel
FRELQI

is scaled with ratio,;,. This effectively means that the louder channel is scaled.

If the perceptual spectrum whitening in the time domain is used (as, for example,
described in [13]), the single global ILI can also be calculated and applied in the time
domain, before the time to frequency domain transformation (i.e. before the MDCT). Or,
alternatively, the perceptual spectrum whitening may be followed by the time to frequency
domain fransformation followed by the single global LD in the frequency domain.
Alternatively the single global ILD may be calculated in the time domain before the time
to frequency domain transformation and applied in the frequency domain after the time to
frequency domain transformation.

The mid MDCT,,, and the side MDCT., channels are formed using the left channel
MDCT,, and the right channel MDCT,, as MDCT,, = 1/%5(_ MDCT, , + MDCTy,.)

and MDCT,, = 1 MDCT, , — MDCT,, ). The spectrum is divided into bands and
Sk \f"z' L.k Rk

for each band it is decided if the left, right, mid or side channel is used.

A global gain «__ is estimated on the signal comprising the concatenated Left and Right

channels. Thus is different from [6b] and [6a]. The first estimate of the gain as described
in chapter 5.3.3.2.8.1.1 “Global gain estimator” of [6b] or of [6a] may, for example, be
used, for example, assuming an SNR gain of 6 dB per sample per bit from the scalar

quantization.

The estimated gain may be multiplied with a constant to get an underestimation or an
overestimation in the final G__, . Signals in the left, right, mid and side channels are then

quantized using G,_.., that is the quantization step size is 1/G,. .

The quantized signals are then coded using an arithmetic coder, a Huffman coder or any
other entropy coder, in order to get the number of required bits. For example, the context
based arithmetic coder described in chapter 5.3.3.2.8.1.3 — chapter 5.3.3.2.8.1.7 of [6b] or
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of [6a] may be used. Since the rate loop (e.g. 5.3.3.2.8.1.2 in [6b] or in [6a]) will be run
after the stereo coding, an estimation of the required bits is enough.

As an example, for each quantized channel required number of bits for context based
arithmetic coding is estimated as described in chapter 5.3.3.2.8.1.3 — chapter 5.3.3.2.8.1.7
of [6b] or of [6a].

According to an embodiment, the bit estimation for each quantized channel (left, right, mid

or side) is determined based on the following example code:

int context based arihmetic coder estimate (
int spectruml],
int start line,
int end line,
int lastnz, // lastnz = last non-zero spectrum line
int & ctx, // ctx = context
int & probability, // 14 bit fixed point probability
const unsigned int cum freq[N CONTEXTS] []

// cum_ freq = cumulative frequency tables, 14 bit fixed point

int nBits = 0;

for (int k start line; k < min(lastnz, end line); k+=2)

{

It

int al abs (spectrumlk]) ;

int bl abs (spectruml[k+1]) ;

/* Signs Bits */
nBits += min(al, 1);

nBits += min(bl, 1);

while (max(al, bl) >= 4)

{

probability *= cum_ freqglctx] [VAL ESC];

int nlz = Number of leading zeros (probability);

nBits += 2 + nlz;
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probability >»= 14 - nlz;

al >»>= 1;

bl >>= 1;

ctx = update context (ctx, VAL ESC);

int symbol = al + 4*bl;
probability *= (cum_ freqg[ctx] [symbol] -
cum_freqglctx] [symbol+1]) ;

int nlz = Number_ of leading zeros(probability);
nBits += nlz;

hContextMem->proba >>= 14 - nlz;

ctx = update context (ctx, al+bl);

return nBits;

where spectrum is set to point to the quantized spectrum to be coded, start line is

setto 0, end line is set to the length of the spectrum, lastnz is set to the index of the
last non-zero element of spectrum, ctx is set to 0 and probability is set to 1 in 14bit fixed
point notation (16384=1<<14).

As outlined, the above example code may be employed, for example, to obtain a bit
estimation for at least one of the left channel, the right channel, the mid channel and the

side channel.

Some embodiments employ an arithmetic coder as described in [6b] and [6a]. Further
details may, e.g., be found in chapter 5.3.3.2.8 “Arithmetic coder” of [6b].

An estimated number of bits for “full dual mono” (&,,) is then equal to the sum of the bits

required for the right and the left channel.
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An estimated number of bits for the “full M/S™ (4,,.) is then equal to the sum of the bits

required for the Mid and the Side channel.

In an alternative embodiment, which is an alternative to the above example code, the

formula:

nBands ~1

i
big = Z bprr
i=0

may, e.g., be employed to calculate an estimated number of bits for “full dual mono”
(byg) -

Moreover, in an alternative embodiment, which is an alternative to the above example

code, the formula:

nBands —1

_ i
bMS - Z bwaS
i=0

may, e.g., be employed to calculate an estimated number of bits for the “full M/S” (b,) .

For each band i with borders [lb,, ub,], it is checked how many bits would be used for
coding the quantized signal in the band in the L/R (bl,.,.) and in the M/S (bl _..)
mode. In other words, a band-wise bit estimation is conducted for the /R mode for each
band i: bj,.;z, Which results in the L/R mode band-wise bit estimation for band i, and a
band-wise bit estimation is conducted for the M/S mode for each band i, which results in
the M/S mode band-wise bit estimation for band i: b}, <

The mode with fewer bits is chosen for the band. The number of required bits for
arithmetic coding is estimated as described in chapter 5.3.3.2.8.1.3 — chapter 5.3.3.2.8.1.7
of [6b] or of [6a]. The total number of bits required for coding the spectrum in the “band-
wise M/S” mode (Bg,, ) is equal to the sum of min(B}, .z, Bhyres):

nRands—1

e P o e R 1,i A
bpy = nBands + min{b} ..z Uw,-;»fs_)

on

The “band-wise M/S” mode needs addilional nfands bils

whether L/R or M/S coding is used. The choice between the "band-wise M/S”, the “full
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dual mono” and the “full M/S™ may, e.g., be coded as the stereo mode in the bitstream and
then the “full dual mono” and the “full M/S” don’'t need additional bits, compared to the

“band-wise M/S”, for signaling.

For the context based arithmetic coder, b;,,, used in the calculation of bLR is not equal
to b}’)‘w,‘R used in the calculation of bBwW, noris bgwMS used in the calculation of bMs
equal to b;,,,s used in the calculation of bew, as the b, ,, and the b, depend on the
choice of the context for the previous b7, and bj,,.s, Where j < i. bLR may be
calculated as the sum of the bits for the Left and for the Right channel and bMs may be
calculated as the sum of the bits for the Mid and for the Side channel, where the bits for
each channel can be calculated using the example code
context based arihmetic coder estimate bandwise where start line is

setto 0 and end_line is setto lastnz.

In an alternative embodiment, which is an alternative to the above example code, the

formula:

nBands —1

_ i
b, g =nBands + bewLR
=0

may, e.g., be employed to calculate an estimated number of bits for “full dua! mono”
(b, ) and signaling in each band L/R coding may be used.

Moreover, in an alternative embodiment, which is an alternative to the above example

code, the formula:

nBands -1
3 i
b ms = nBands + Z bwaS
=0

may, e.g., be employed to calculate an estimated number of bits for the “full M/S”
(&) and signaling in each band M/S coding may be used.

In some embodiments, at first, a gain G may, e.g., be estimated and a quantization step
size may, e.g., estimated, for which it is expected that there are enough bits to code the
channels in L/R.
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In the following, embodiments are provided which describe different ways how to

determine a band-wise bit estimation, e.g., it is described how to determine &,z and

by s according to particular embodiments.

As already outlined, according to a particular embodiment, for each quantized channel,
the required number of bits for arithmetic coding is estimated, for example, as described in
chapter 5.3.3.2.8.1.7 “Bit consumption estimation” of [6b] or of the similar chapter of [6a].

According to an embodiment, the band-wise bit estimation is determined using
context based arihmetic coder estimate for calculating each of b, ,, and
bl .. forevery i, by setting start lineto Ib,, end line to ub,, lastnz to the index

of the last non-zero element of spectrum.

Four contexts (ctx,, ctxgr, Ctxu, ctxy) and four probabilities (p., pr, pPum, Pm) are initialized

and then repeatedly updated.

At the beginning of the estimation (for i = 0) each context (ctx,, Ctxg, Ctxy, ctxy) is setto O

and each probability (p., pr, Pu, Pm) IS set to 1 in 14bit fixed point notation (16384=1<<14).

) . i N i . . .
b,...r s calculated as sum of Biwr and Yowr, where Dhur is determined using
context based arihmetic_ coder estimate by setting spectrum to point to the

quantized left spectrum to be coded, ctx is sef to ctx, and probability is setto p. and

bz is determined using context based arihmetic coder estimate by setting
spectrum {0 point to the quantized right spectrum to be coded, ctx is set to cixg and

probability is setto pgr.

; . i 4 i . . .
b} .uc is calculated as sum of Brwsr and Prws, where Phuwr is determined using
context based arihmetic coder estimate by setting spectrum to point to the

gquantized mid spectrum to be coded, ctx is set to ¢ctxy and probability is set to py

and ba.s is determined using context based arihmetic coder estimate by
setting spectrum to point to the quantized side spectrum to be coded. ctx is set to ctxs
and probability is setto ps.

If Bl e<bi e then ctx_is setto ctxy, ctxg is set to cixs, p. is set to pu, pr is set to ps.

If By e>—by..ec then ctxyis setto cix,, ctxs is set to ctxg, pu is set to py, ps is set to pr.
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In an alternative embodiment, the band-wise bit estimation is obtained as follows:

The spectrum is divided into bands and for each band it is decided if M/S processing
should be done. For all bands where M/S is used, MDCT, . and MDCTg, are replaced
With MDCTy,, = 0.5(MDCT,, + MDCTy, ) and MDCTg, = 0.5(MDCT,, — MDCTg,).

Band-wise M/S vs L/R decision may, e.g., be based on the estimated bit saving with the

M/S processing:

P p——
NRG g NRG,,

bitsSaved, = nlines, -log, | —————————
NRGy;NRG;

where NRGg; is the energy in the i-th band of the right channel, NRG is the energy in
the i-th band of the left channel, NRG,,, is the energy in the i-th band of the mid channel,
NRG, is the energy in the i-th band of the side channel and nlines, is the number of
spectral coefficients in the {-th band. Mid channel is the sum of the left and the right

channel, side channel is the differences of the left and the right channel.

bitsSaved, is limited with the estimated number of bits to be used for the i-th band:

(NRG,,  NRG,,

maxBits,, = { uh bitsAvailable

NRG,,, MNRGs,
( M 5) - bitsdvailable

maxBits,,s = :
MS  \NRG,,  NRG,/

— { e . o oy
bitsSaved; = max (maxBits, g, min (—maxBits, bitsS m:reai-))

Fig. 7 illustrates calculating a bitrate for band-wise M/S decision according to an

embodiment.

In particular, in Fig. 7, the process for calculating bg,. is depicted. To reduce the
complexity, arithmetic coder context for coding the spectrum up to band i — 1 is saved

and reused in the band .

It should be noted that for the context based arithmetic coder, &, ., and by, - depend on
the arithmetic coder context, which depends on the M/S vs L/R choice in all bands j <,

as, e.g., described above.
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Fig. 8 iilustrates a stereo mode decision according to an embodiment.

If “full dual mono” is chosen then the complete spectrum consists of MDCT,, and
MDCTg, . If “full M/S” is chosen then the complete spectrum consists of MDCT,, ., and
MDCTg,. If "band-wise M/S” is chosen then some bands of the spectrum consist of
MDCT,, and MDCTg . and other bands consist of MDCT,, . and MDCT,.

The stereo mode is coded in the bitstream. In “band-wise M/S” mode also band-wise M/S

decision is coded in the bitstream.

The coefficients of the spectrum in the two channels after the stereo processing are
denoted as MDCT,,., and MDCTge, . MDCT,,,, is equal to MDCT,,, in M/S bands or to
MDCT,, in L/R bands and MDCTg, is equal to MDCT,, in M/S bands or to MDCTg, in
L/R bands, depending on the stereo mode and band-wise M/S decision. The spectrum
consisting of MDCT,,, . may, e.g., be referred to as jointly coded channel 0 (Joint Chn 0)
or may, e.g., be referred to as first channel, and the spectrum consisting of MDCT. .
may, e.qg., be referred to as jointly coded channel 1 (Joint Chn 1) or may, e.g., be referred

to as second channel.

The bitrate split ratio is calculated using the energies of the stereo processed channels:

f
NRG,, = N,’Z MDCT,,, "

NRGps = g? MDCTgg,”
*\q L

NRGyy,

Pomtir = =
PR NRG, ., + NRG.

The bitrate split ratio is uniformly quantized:

’f——_—x

ol — maxﬁ('l,rnin {erpi.itmnge - 1L [rsplitr_angg Teppie T GSD)

replit,

= 1 << 3 (..
range 1< fsp‘{"!‘bzzs
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where rsplit,

iR

is the number of bits used for coding the bitrate split ratio. If r_,, . {E

- . Sraplite 2 [ FSplitegn oo
and 7> TUE then 7. is decreased for —— & f r

1
spleg 7 16 = split 5

e Treplitegn g e roplitrange o~ - :
Foptir < —————9—16 then 7_,,.; is increased for 2 - Fepre 1S stored in the bitstream.

The bitrate distribution among channels is:

i
T.;‘;szr

rsplit

range

bits,,, = (totalBitsAvailable — stereoBits)

bitsge = (totalBitsAvailable — stereoBits) — bits;,,

Additionally it is made sure that there are enough bits for the entropy coder in each
channel by checking that bits;,, — sideBits;,, > minBits and
bitspe — sideBitsge > minBits, where minBits is the minimum number of bits required

by the entropy coder. If there is not enough bits for the entropy coder then 7_;;

is
increased/decreased by 1 till bits,,, — sideBits,,, > minBits and

bitsgs — sideBitsgs > rinPBits are fulfilled.

Quantization, noise filling and the entropy encoding, including the rate-loop, are as
described in 5.3.3.2 “General encoding procedure” of 5.3.3 “MDCT based TCX” in [6b] or
in [6a]. The rate-loop can be optimized using the estimated &__,.. The power spectrum P
(magnitude of the MCLT) is used for the tonality/noise measures in the quantization and
Intelligent Gap Filling (IGF) as described in [6a] or [6b]. Since whitened and band-wise
M/S processed MDCT spectrum is used for the power spectrum, the same FDNS and M/S
processing is to be done on the MDST spectrum. The same scaling based on the global
ILD of the louder channel is to be done for the MDST as it was done for the MDCT. For
the frames where TNS is active, MDST spectrum used for the power spectrum calculation
is estimated from the whitened and M/S processed MDCT spectrum: P, = MDCT? +
(MDCTy+1-MDCT,1)%.

The decoding process starts with decoding and inverse quantization of the spectrum of
the jointly coded channels, followed by the noise filling as described in 6.2.2 “"MDCT
based TCX” in [6b] or [6a]. The number of bits allocated to each channel is determined
based on the window length, the stereo mode and the bitrate split ratio that are coded in
the bitstream. The number of bits allocated to each channel must be known before fully

decoding the bitstream.
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In the intelligent gap filling (IGF) block, lines quantized to zero in a certain range of the
spectrum, called the target tile are filled with processed content from a different range of
the spectrum, called the source tile. Due to the band-wise stereo processing, the stereo
representation (i.e. either L/R or M/S) might differ for the source and the target tile. To
ensure good quality, if the representation of the source ftile is different from the
representation of the target tile, the source tile is processed to transform it to the
representation of the target file prior to the gap filling in the decoder. This procedure is
already described in [9]. The IGF itself is, contrary to [6a] and [6b], applied in the whitened
spectral domain instead of the original spectral domain. In contrast to the known stereo
codecs (e.g. [9]), the IGF is applied in the whitened, ILD compensated spectral domain.

Based on the stereo mode and band-wise M/S decision, left and right channel are
constructed from the jointly coded channels: MDCT, ;, = 1/\;?(‘1&5962”5},& + MDCTRS?;{‘)

and MDCTg, = 1/ /3 (MDCT . — MDCTys, ).

If ratio,,, = 1 then the right channel is scaled with ratio,, ,, otherwise the left channel is
scaled with

’Fct‘ﬁﬁlw‘

For each case where division by 0 could happen, a small epsilon is added to the

denominator.

For intermediate bitrates, e.g. 48 kbps, MDCT-based coding may, e.g., lead to too coarse
quantization of the spectrum to match the bit-consumption target. That raises the need for
parametric coding, which combined with discrete coding in the same spectral region,

adapted on a frame-to-frame basis, increases fidelity.

In the following, aspects of some of those embodiments, which employ stereo filling, are
described. It should be noted that for the above embodiments, it is not necessary that
stereo filling is employed. So, only some of the above-described embodiments employ
stereo filling. Other embodiments of the above-described embodiments do not employ

stereo filling at all.

Stereo frequency filling in MPEG-H frequency-domain stereo is, for example, described in
[11]. In [11] the target energy for each band is reached by exploiting the band energy sent
from the encoder in the form of scale factors (for example in AAC). If frequency-domain
noise (FDNS) shaping is applied and the spectral envelope is coded by using the LSFs

(line spectral frequencies) (see [6a], [6b], [8]) it is not possible to change the scaling only
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for some frequency bands (spectral bands) as required from the stereo filling algorithm
described in [11].

At first some background information is provided.

When mid/side coding is employed, it is possible to encode the side signals in different

ways.

According to a first group of embodiments, a side signal S is encoded in the same way as
a mid signal M. Quantization is conducted, but no further steps are conducted to reduce
the necessary bit rate. In general, such an approach aims to allow a quite precise
reconstruction of the side signal S on the decoder side, but, on the other hand requires a

large amount of bits for encoding.

According to a second group of embodiments, a residual side signal S, is generated from
the original side signal S based on the M signal. In an embodiment, the residual side

signal may, for example, be calculated according to the formula:

Ses=S—-g- M.

Other embodiments may, e.g., employ other definitions for the residual side signal.

The residual signal S.s is quantized and transmitted to the decoder together with
parameter g. By quantizing the residual signal S, instead of the original side signal S, in
general, more spectral values are quantized to zero. This, in general, saves the amount of
bits necessary for encoding and transmitting compared to the quantized original side

signal S.

In some of these embodiments of the second group of embodiments, a single parameter g
is determined for the complete spectrum and transmitted to the decoder. In other
embodiments of the second group of embodiments, each of a plurality of frequency
bands/spectral bands of the frequency spectrum may, e.g., comprise two or more spectral
values, and a parameter g is determined for each of the frequency bands/spectral bands

and transmitted to the decoder.

Fig. 12 illustrates stereo processing of an encoder side according to the first or the second

groups of embodiments, which do not employ stereo filling.



10

15

20

25

30

35

35
WO 2017/125544 PCT/EP2017/051177

Fig. 13 illustrates stereo processing of a decoder side according to the first or the second

groups of embodiments, which do not employ stereo filling.

According fo a third group of embodiments, stereo filling is employed. In some of these
embodiments, on the decoder side, the side signal S for a certain point-in-time t is

generated from a mid signal of the immediately preceding point-in-time t-1.

Generating the side signal S for a certain point-in-time t from a mid signal of the
immediately preceding point-in-time t-1 on the decoder side may, for example, be

conducted according to the formula:
S(t) = hy - M(t-1).

On the encoder side, the parameter hy, is determined for each frequency band of a
plurality of frequency bands of the spectrum. After determining the parameters hy, the
encoder transmits the parameters h, to the decoder. In some embodiments, the spectral
values of the side signal S itself or of a residual of it are not transmitted to the decoder,

Such an approach aims to save the number of required bits.

In some other embodiments of the third group of embodiments, at least for those
frequency bands where the side signal is louder than the mid signal, the spectral values of
the side signal of those frequency bands are explicitly encoded and sent to the decoder.

According to a fourth group of embodiments, some of the frequency bands of the side
signal S are encoded by explicitly encoding the original side signal S (see the first group
of embodiment) or a residual side signal S, while for the other frequency bands, stereo
filling is employed. Such an approach combines the first or the second groups of
embodiments, with the third group of embodiments, which employs stereo filling. For
example, lower frequency bands may, e.g., be encoded by quéntizing the original side
signal S or the residual side signal S,es, while for the other, upper frequency bands, stereo

filling may, e.g., be employed.

Fig. 9 illustrates stereo processing of an encoder side according to the third or the fourth

groups of embodiments, which employ stereo filling.

Fig. 10 illustrates stereo processing of a decoder side according to the third or the fourth

groups of embodiments, which employ stereo filling.
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Those of the above-described embodiments, which do employ stereo filling, may, for
example, empioy stereo filling as described in in MPEG-H, see MPEG-H frequency-

domain stereo (see, for example, [11]).

Some of the embodiments, which employ stereo filling, may, for example, apply the stereo
filling algorithm described in [11] on systems where the spectral envelope is coded as LSF
combined with noise filling. Coding the spectral envelope, may, for example, be
implemented as for example, described in [6a], [6b], [8]. Noise filling, may, for example, be

implemented as described in [6a] and [6b].

In some particular embodiments, stereo-filling processing including stereo filling
parameter calculation may, e.g., be conducted in the M/S bands within the frequency
region, for example, from a lower frequency, such as 0.08 F (F; = sampling frequency),

to, for example, an upper frequency, for example, the IGF cross-over frequency.

For example, for frequency portions lower than the lower frequency (e.g., 0.08 F;), the
original side signal S or a residual side signal derived from the original side signal S, may,
e.g., be quantized and transmitted to the decoder. For frequency portions greater than the
upper frequency (e.g., the IGF cross-over frequency), Intelligent Gap Filling (IGF) may,

e.g., be conducted.

More particuiarly, in some of the embodiments, the side channel (the second channel), for
those frequency bands within the stereo filling range (for example, 0.08 times the
sampling frequency up to the IGF cross-over frequency) that are fully quantized to zero,
may, for example, be filled using a “copy-over” from the previous frame’s whitened MDCT
spectrum downmix (IGF = Intelligent Gap Filling). The “copy-over” may, for example, be
applied complimentary to the noise filling and scaled accordingly depending on the
correction factors that are sent from the encoder. In other embodiments, the lower

frequency may exhibit other values than 0.08 F, .

Instead of being 0.08 F , in some embodiments, the lower frequency may, e.g., be a
value in the range from 0 to 0.50 F In particular, embodiments, the lower frequency may
be a value in the range from 0.01 F; to 0.50 F, . For example, the lower frequency may,
e.g., be for example, 0.12 F; or 0.20 F; 0or 0.25 F, .

In other embodiments, in addition to or instead of employing Intelligent Gap Filling, for

frequencies greater than the upper frequency, Noise Filling may, e.g., be conducted.
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In further embodiments, there is no upper frequency and stereo filling is conducted for

each frequency portion greater than the lower frequency.

In still further embodiments, there is no lower frequency, and stereo filling is conducted for

frequency portions from the lowest frequency band up to the upper frequency.

In still further embodiments, there is no lower frequency and no upper frequency and

stereo filling is conducted for the whole frequency spectrum.

In the following, particular embodiments, which employ stereo filling, are described.

In particular, stereo filling with correction factors according to particular embodiments is
described. Stereo Filling with correction factors may, e.g., be employed in the
embodiments of the stereo filling processing blocks of Fig. 9 (encoder side) and of Fig. 10

(decoder side).

In the following,

- Dmxyg may, e.g., denote the Mid signal of the whitened MDCT spectrum,
- Sk may, e.g., denote the Side signal of the whitened MDCT spectrum,
- Dmx, may, e.g., denote the Mid signal of the whitened MDST spectrum,
- Ss may, e.g., denote the Side signal of the whitened MDST spectrum,

- prevDmxy may, e.g., denote the Mid signal of whitened MDCT spectrum
delayed by one frame, and
- prevDmx, may, e.g., denote the Mid signal of whitened MDST spectrum

delayed by one frame.

Stereo filling encoding may be applied when the stereo decision is M/S for all bands (full
M/S) or M/S for all stereo filling bands (bandwise M/S).

When it was determined to apply full dual-mono processing stereo filling is bypassed.
Moreover, when L/R coding is chosen for some of the spectral bands (frequency bands),
stereo filling is also bypassed for these spectral bands.

Now, particular embodiments employing stereo filling are considered. There, processing

within the block may, e.g., be conducted as follows:
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For the frequency bands (fb) that fali within the frequency region starting from the lower
frequency (e.g., 0.08 F (Fs = sampling frequency)), up to the upper frequency, (e.g., th

IGF cross-over frequency):

- A residual Resy of the side signal Sy is calculated, e.g., according to:
Resp = 53 - aRD‘me - a;D‘mx; .

where aj is the real part and «, is the imaginary part of the complex prediction

coefficient (see [10]) .

A residual Res; of the side signal S;is calculated, e.g., according to:

Res;=S; —agfmxg—a;Dmx; .

- Energies, e.g., complex-valued energies, of the residual Res and of the previous
frame downmix (mid signal) prevDmx are calculated:

ERes;, = Y., Res} + X, Res},

EprevDmx,, = E prevDmoxg + % prsvl)?nxl,

Fi4

In the above formulae:

Z: Resg sums the squares of all spectral values within frequency
hid Eoe
band./b of RGSR.

2.y, Resy sums the squares of all spectral values within frequency

band /b of Res;.

5
% prevDmxg

e sums the squares of all spectral values within frequency
band /b of prevDmxp.
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>
v % prevDmx;

b sums the squares of all spectral values within frequency

band fb of prevDmx;.

From these calculated energies, (EResp, , LprevDmxg), stereo filling correction

factors are calculated and transmitted as side information to the decoder:

correction_factory, = EResq, [{EprevDmx gy + <)

In an embodiment, € = 0. In other embodiments, e.g., 0.1 > ¢ > 0, e.g., to avoid a

division by 0.

A band-wise scaling factor may, e.g., be calculated depending on the calculated
stereo filling correction factors, e.g., for each spectral band, for which stereo filling
is employed. Band-wise scaling of output Mid and Side (residual) signals by a
scaling factor is introduced in order to compensate for energy loss, as there is no

inverse complex prediction operation to reconstruct the side signal from the
residual on the decoder side (ag = a; = 0.

In a particular embodiment, the band-wise scaling factor, may, e.g., be calculated

according to:

Zfb(SR ~aRDme)2 +Zfb(S, —a,Dmx,)2 + EDmx ;g
ERes ;4 + EDmx oy + &

scaling ___ factor gy, =

where EDmx,, is the (e.g., complex) energy of the current frame downmix (which

may, e.g., be calculated as described above).

In some embodiments, after the stereo filling processing in the stereo processing
block and prior to quantization, the bins of the residual that fall within the stereo
filling frequency range may, e.g., be set to zero, if for the equivalent band the
downmix (Mid) is louder than the residual (Side):

M
fb i
}s = threshold

i
ib
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Efg = Z D-m“x';
I

Ef, =

e AN

Res

Ing

4,
Ry

Therefore, more bits are spent on coding the downmix and the lower frequency

bins of the residual, improving the overall quality.

In alternative embodiments, all bits of the residual (Side) may, e.g., be set to zero.
Such alternative embodiments may, e.g., be based on the assumption that the

downmix is in most cases louder than the residual.

Fig. 11 illustrates stereo filling of a side signal according to some particular embodiments

on the decoder side.

Stereo filling is applied on the side channel after decoding, inverse quantization and noise
filling. For the frequency bands, within the stereo filling range, that are quantized to zero, a
“copy-over” from the last frame’s whitened MDCT spectrum downmix may, e.g., be
applied (as seen in Fig. 11), if the band energy after noise filling does not reach the target
energy. The target energy per frequency band is calculated from the stereo correction
factors that are sent as parameters from the encoder, for example according to the

formula.

ETgy, = correction_factory, - EprevDmx,

The generation of the side signal on the decoder side (which may, e.g, be referred to as a
previous downmix “copy-over”) is conducted, for example according to the formula:

S, = N, + facDmx;, -prevDmx,.i € [fb, fb+ 1],

where i denotes the frequency bins (spectral values) within the frequency band fb, ¥ is
the noise filled spectrum and fa.CD'mxfb is a factor that is applied on the previous

downmix, that depends on the stereo filling correction factors sent from the encoder.

facDmxg, may, in a particular embodiment, e.g., be calculated for each frequency band

fbas:
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EN,,

facDmx,, = |correction_factor,, — / (EprevDmi ., + )

LY
ki

where EN

b is the energy of the noise-filled spectrum in band fb and EprevDmx,,, is the

respective previous frame downmix energy.

On the encoder side, alternative embodiments do not take the MDST spectrum (or the
MDCT spectrum) into account. In those embodiments, the proceeding on the encoder side

is adapted, for example, as follows:

For the frequency bands (fb) that fall within the frequency region starting from the lower
frequency (e.g., 0.08 F; (Fs = sampling frequency)), up to the upper frequency, (e.g., the
IGF cross-over frequency):

- A residual Res of the side signal Sk is calculated, e.g., according to:
Res = 5 —agDmxg,

where a is a (e.g., real) prediction coefficient.

- Energies of the residual Res and of the previous frame downmix (mid signal)

previmx are calculated:

EprevDmx;, = Z previmxg -
ib

- From these calculated energies, (EResy, , EprevDmxg), stereo filling correction

factors are calculated and transmitted as side information to the decoder:
correction_factory, = EResg, [(EprevDmx g, + &)

In an embodiment, € = 0. In other embodiments, e.g., 0.1 > ¢ >0, e.g., to avoid a

division by 0.



10

15

20

25

30

42

WO 2017/125544 PCT/EP2017/051177

A band-wise scaling factor may, e.g., be calculated depending on the calculated
stereo filling correction factors, e.g., for each spectral band, for which stereo filling

is employed.

In a particular embodiment, the band-wise scaling factor, may, e.g., be calculated

according to:

Zfb(SR —aRDme)2 + EDmx ,,

ERes ), + EDmx ;) +&

scaling __ factor ), =

where EDmx;,, is the energy of the current frame downmix (which may, e.g., be

calculated as described above).

In some embodiments, after the stereo filling processing in the stereo processing
block and prior to quantization, the bins of the residual that fall within the stereo
filling frequency range may, e.g., be set to zero, if for the equivalent band the
downmix (Mid) is louder than the residual (Side):

EM
1% . threshold

5

1o
EN = Z Dmxg

4
iv

5 _ 2
b

Therefore, more bits are spent on coding the downmix and the lower frequency

bins of the residual, improving the overall quality.

In alternative embodiments, all bits of the residual (Side) may, e.g., be set to zero.
Such alternative embodiments may, e.g., be based on the assumption that the

downmix is in most cases louder than the residual.

According to some of the embodiments, means may, e.g., be provided to apply stereo
filling in systems with FDNS, where spectral envelope is coded using LSF (or a similar
coding where it is not possible to independently change scaling in single bands).
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According to some of the embodiments, means may, e.g., be provided to apply stereo

filling in systems without the complex/real prediction.

Some of the embodiments may, e.g., employ parametric stereo filling, in the sense that
explicit parameters (stereo filling correction factors) are sent from encoder to decoder, to
control the stereo filling (e.g. with the downmix of the previous frame) of the whitened left
and right MDCT spectrum.

In more general:

In some of the embodiments, the encoding unit 120 of Fig. 1a — Fig. 1e may, e.g., be
configured to generate the processed audio signal, such that said at least one spectral
band of the first channel of the processed audio signal is said spectral band of said mid
signal, and such that said at least one spectral band of the second channel of the
processed audio signal is said spectral band of said side signal. To obtain the encoded
audio signal, the encoding unit 120 may, e.g., be configured to encode said spectral band
of said side signal by determining a correction factor for said spectral band of said side
signal. The encoding unit 120 may, e.g., be configured to determine said correction factor
for said spectral band of said side signal depending on a residual and depending on a
spectral band of a previous mid signal, which corresponds to said spectral band of said
mid signal, wherein the previous mid signal precedes said mid signal in time. Moreover,
the encoding unit 120 may, e.g., be configured to determine the residuai depending on
said spectral band of said side signal, and depending on said spectral band of said mid
signal.

According to some of the embodiments, the encoding unit 120 may, e.g., be configured to
determine said correction factor for said spectral band of said side signal according to the

formula
correction_factory, = ERes;, /{EprevDmu;y, + )

correction_f actory,,

wherein indicates said correction factor for said spectral band of

said side signal, wherein ERessy, indicates a residual energy depending on an energy of a
spectral band of said residual, which corresponds to said spectral band of said mid signal,
wherein EPrevlmeis, indicates a previous energy depending on an energy of the spectral

band of the previous mid signal, and wherein € = 0, or wherein 0.1 > ¢ > 0.
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In some of the embodiments, said residual may, e.g., be defined according to

wherein Resy is said residual, wherein Sy is said side signal, wherein ay is a (e.g., real)
coefficient (e.g., a prediction coefficient), wherein Dmxy is said mid signal, wherein the

encoding unit (120) is configured to determine said residual energy according to
EResg, = Eﬂ, Resg .

According to some of the embodiments, said residual is defined according to
Resp = S5p—agDmxp — a;Dmy;,

wherein Resy is said residual, wherein Sy is said side signal, wherein a is a real part of a
complex (prediction) coefficient, and wherein «, is an imaginary part of said complex
(prediction) coefficient, wherein Dmxy is said mid signal, wherein Dmyx; is another mid
signal depending on the first channel of the normalized audio signal and depending on the
second channel of the normalized audio signal, wherein another residual of another side
signal S; depending on the first channel of the normalized audio signal and depending on

the second channel of the normalized audio signal is defined according to

Res;= S; —agDmxy — a;Dmxy,

wherein the encoding unit 120 may, e.g., be configured to determine said residual energy

according to

EResg, = Y., Res; + X, Res]

wherein the encoding unit 120 may, e.g., be configured to determine the previous energy
depending on the energy of the spectral band of said residual, which corresponds to said
spectral band of said mid signal, and depending on an energy of a spectral band of said

another residual, which corresponds to said spectral band of said mid signal.

In some of the embodiments, the decoding unit 210 of Fig. 2a — Fig. 2e may, e.g., be
configured to determine for each spectral band of said plurality of spectral bands, whether
said spectral band of the first channel of the encoded audio signal and said spectral band

of the second channel of the encoded audio signal was encoded using dual-mono
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encoding or using mid-side encoding. Moreover, the decoding unit 210 may, e.g., be
configured to obtain said spectral band of the second channei of the encoded audio signal
by reconstructing said spectral band of the second channel. If mid-side encoding was
used, said spectral band of the first channel of the encoded audio signal is a spectral band
of a mid signal, and said spectral band of the second channel of the encoded audio signal
is spectral band of a side signal. Moreover, if mid-side encoding was used, the decoding
unit 210 may, e.g., be configured to reconstruct said spectral band of the side signal
depending on a correction factor for said spectral band of the side signal and depending
on a spectral band of a previous mid signal, which corresponds to said spectral band of

said mid signal, wherein the previous mid signal precedes said mid signal in time.

According to some of the embodiments, if mid-side encoding was used, the decoding unit
210 may, e.g., be configured to reconstruct said spectral band of the side signal, by

reconstructing spectral values of said spectral band of the side signal according to

S; = N, + facDmx;, - prevDmx;

wherein S; indicates the spectral values of said spectral band of the side signal, wherein

prevDmx; indicates spectral values of the spectral band of said previous mid signal,
wherein N; indicates spectral values of a noise filled spectrum, wherein facDmxg,, is

defined according to

EN,
, ; _— . ] p_.— b f
facDmx g, jcm rection_factors, / (EprevDmx,, + ¢)

wherein correction_factory, is said correction factor for said spectral band of the side

signal, wherein EN;,,

energy of said spectral band of said previous mid signal, and wherein € = 0, or wherein 0.1

is an energy of the noise-filled spectrum, wherein EprevDmxp, is an

>¢e>0.

In some of the embodiments, a residual may, e.g., be derived from complex stereo
prediction algorithm at encoder, while there is no stereo prediction (real or complex) at

decoder side.

According to some of the embodiments, energy correcting scaling of the spectrum at
encoder side may, e.g., be used, to compensate for the fact that there is no inverse

prediction processing at decoder side.
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Although some aspects have been described in the coniext of an apparatus, it is clear that
these aspecis aiso 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. Some or all of the method steps
may be executed by (or using) a hardware apparatus, like for example, a microprocessor,
a programmable computer or an electronic circuit. In some embodiments, one or more of

the most important method steps may be executed by such an apparatus.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software or at least partially in hardware or at least partially
in software. The implementation can be performed using a digital storage medium, for
example a floppy disk, a DVD, a Blu-Ray, 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. Therefore, the digital storage

medium may be computer readable.

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.

Other embodiments comprise the computer program for performing one of the methods

described herein, stored on a machine readable carrier.

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
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computer program for performing one of the methods described herein. The data carrier,
the digital storage medium or the recorded medium are typically tangible and/or

non-transitory.

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.

A further embodiment according to the invention comprises an apparatus or a system
configured to transfer (for example, electronically or optically) a computer program for
performing one of the methods described herein to a receiver. The receiver may, for
example, be a computer, a mobile device, a memory device or the like. The apparatus or
system may, for exampie, comprise a file server for transferring the computer program to

the receiver.

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 apparatus described herein may be implemented using a hardware apparatus, or

using a computer, or using a combination of a hardware apparatus and a computer.

The methods described herein may be performed using a hardware apparatus, or using a

computer, or using a combination of a hardware apparatus and a computer.

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
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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

An apparatus for encoding a first channel and a second channel of an audio input
signal comprising two or more channels to obtain an encoded audio signal,
wherein the apparatus comprises:

a normalizer configured to determine a normalization value for the audio input
signal depending on the first channel of the audio input signal and depending on
the second channel of the audio input signal, wherein the normalizer is configured
to determine a first channel and a second channel of a normalized audio signal by
normalizing, depending on the normalization value, at least one of the first channel
and the second channel of the audio input signal,

an encoding unit being configured to generate a processed audio signal having a
first channel and a second channel, such that one or more spectral bands of the
first channel of the processed audio signal are one or more spectral bands of the
first channel of the normalized audio signal, such that one or more spectral bands
of the second channel of the processed audio signal are one or more spectral
bands of the second channel of the normalized audio signal, such that at least one
spectral band of the first channel of the processed audio signal is a spectral band
of a mid signal depending on a spectral band of the first channel of the normalized
audio signal and depending on a spectral band of the second channel of the
normalized audio signal, and such that at least one spectral band of the second
channel of the processed audio signal is a spectral band of a side signal
depending on a spectral band of the first channel of the normalized audio signal
and depending on a spectral band of the second channel of the normalized audio
signal, wherein the encoding unit is configured to encode the processed audio
signal to obtain the encoded audio signal.

An apparatus according to claim 1,

wherein the encoding unit is configured to choose between a full-mid-side
encoding mode and a full-dual-mono encoding mode and a band-wise encoding
mode depending on a plurality of spectral bands of a first channel of the
normalized audio signal and depending on a plurality of spectral bands of a second
channel of the normalized audio signal,
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wherein the encoding unit is configured, if the full-mid-side encoding mode is
chosen, to generate a mid signal from the first channel and from the second
channel of the normalized audio signal as a first channel of a mid-side signal, to
generate a side signal from the first channel and from the second channel of the
normalized audio signal as a second channel of the mid-side signal, and to encode
the mid-side signal to obtain the encoded audio signal,

wherein the encoding unit is configured, if the full-dual-mono encoding mode is
chosen, to encode the normalized audio signal to obtain the encoded audio signal,
and

wherein the encoding unit is configured, if the band-wise encoding mode is
chosen, to generate the processed audio signal, such that one or more spectral
bands of the first channel of the processed audio signal are one or more spectral
bands of the first channel of the normalized audio signal, such that one or more
spectral bands of the second channel of the processed audio signal are one or
more spectral bands of the second channel of the normalized audio signal, such
that at least one spectral band of the first channel of the processed audio signal is
a spectral band of a mid signal depending on a spectral band of the first channel of
the normalized audio signal and depending on a spectral band of the second
channel of the normalized audio signal, and such that at least one spectral band of
the second channel of the processed audio signal is a spectral band of a side
signal depending on a spectral band of the first channel of the normalized audio
signal and depending on a spectral band of the second channel of the normalized
audio signal, wherein the encoding unit is configured to encode the processed
audio signal to obtain the encoded audio signal.

An apparatus according to claim 2,

wherein the encoding unit is configured, if the band-wise encoding mode is
chosen, to decide for each spectral band of a plurality of spectral bands of the
processed audio signal, whether mid-side encoding is employed or whether dual-
mono encoding is employed,

wherein, if the mid-side encoding is employed for said spectral band, the encoding
unit is configured to generate said spectral band of the first channel of the
processed audio signal as a spectral band of a mid signal based on said spectral
band of the first channel of the normalized audio signal and based on said spectral
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band of the second channel of the normalized audio signal, and the encoding unit
is configured to generate said spectral band of the second channel of the
processed audio signal as a spectral band of a side signal based on said spectral
band of the first channel of the normalized audio signal and based on said spectral
band of the second channel of the normalized audio signal, and

wherein, if the dual-mono encoding is employed for said spectral band,

the encoding unit is configured to use said spectral band of the first channel
of the normalized audio signal as said spectral band of the first channel of
the processed audio signal, and is configured to use said spectral band of
the second channel of the normalized audio signal as said spectral band of
the second channel of the processed audio signal, or

the encoding unit is configured to use said spectral band of the second
channel of the normalized audio signal as said spectral band of the first
channel of the processed audio signal, and is configured to use said
spectral band of the first channel of the normalized audio signal as said
spectral band of the second channel of the processed audio signal.

An apparatus according to claim 2 or 3, wherein the encoding unit is configured to
choose between the full-mid-side encoding mode and the full-dual-mono encoding
mode and the band-wise encoding mode by determining a first estimation
estimating a first number of bits that are needed for encoding when the full-mid-
side encoding mode is employed, by determining a second estimation estimating a
second number of bits that are needed for encoding when the full-dual-mono
encoding mode is employed, by determining a third estimation estimating a third
number of bits that are needed for encoding when the band-wise encoding mode is
employed, and by choosing that encoding mode among the full-mid-side encoding
mode and the full-dual-mono encoding mode and the band-wise encoding mode
that has a smallest number of bits among the first estimation and the second
estimation and the third estimation.

An apparatus according to claim 4,



10

15

20

25

30

35

54

wherein the encoding unit is configured to estimate the third estimation by,

estimating the third number of bits that are needed for encoding when the band-
wise encoding mode is employed, according to the formula:

bew = nBands + Y2 min(bhy,.p, bhwus)
wherein nBands is a number of spectral bands of the normalized audio signal,

wherein b, ... is an estimation for a number of bits that are needed for encoding

an i-th spectral band of the mid signal and for encoding the i-th spectral band of
the side signal, and

wherein b, , . is an estimation for a number of bits that are needed for encoding

an i-th spectral band of the first signal and for encoding the i-th spectral band of
the second signal.

An apparatus according to claim 2 or 3, wherein the encoding unit is configured to
choose between the full-mid-side encoding mode and the full-dual-mono encoding
mode and the band-wise encoding mode by determining a first estimation
estimating a first number of bits that are saved when encoding in the full-mid-side
encoding mode, by determining a second estimation estimating a second number
of bits that are saved when encoding in the full-dual-mono encoding mode, by
determining a third estimation estimating a third number of bits that are saved
when encoding in the band-wise encoding mode, and by choosing that encoding
mode among the full-mid-side encoding mode and the full-dual-mono encoding
mode and the band-wise encoding mode that has a greatest number of bits that
are saved among the first estimation and the second estimation and the third
estimation.

An apparatus according to claim 2 or 3, wherein the encoding unit is configured to
choose between the full-mid-side encoding mode and the full-dual-mono encoding
mode and the band-wise encoding mode by estimating a first signal-to-noise ratio
that occurs when the full-mid-side encoding mode is employed, by estimating a
second signal-to-noise ratio that occurs when the full-dual-mono encoding mode is
employed, by estimating a third signal-to-noise ratio that occurs when the band-
wise encoding mode is employed, and by choosing that encoding mode among the
full-mid-side encoding mode and the full-dual-mono encoding mode and the band-
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wise encoding mode that has a greatest signal-to-noise-ratio among the first
signal-to-noise-ratio and the second signal-to-noise-ratio and the third signal-to-
noise-ratio.

An apparatus according to claim 1,

wherein the encoding unit is configured to generate the processed audio signal,
such that said at least one spectral band of the first channel of the processed
audio signal is said spectral band of said mid signal, and such that said at least
one spectral band of the second channel of the processed audio signal is said
spectral band of said side signal,

wherein, to obtain the encoded audio signal, the encoding unit is configured to
encode said spectral band of said side signal by determining a correction factor for
said spectral band of said side signal,

wherein the encoding unit is configured to determine said correction factor for said
spectral band of said side signal depending on a residual and depending on a
spectral band of a previous mid signal, which corresponds to said spectral band of
said mid signal, wherein the previous mid signal precedes said mid signal in time,

wherein the encoding unit is configured to determine the residual which indicates a
difference of said spectral band of said side signal and a product of said spectral
band of said mid signal and a coefficient.

An apparatus according to claim 8,

wherein the encoding unit is configured to determine said correction factor for said
spectral band of said side signal according to the formula

correction_factory, = EResp, [(EprevDmxs, + €)

wherein  correction_factory, = ERess, /(EprevDmxg, + €) indicates said

correction factor for said spectral band of said side signal,

wherein correction_factors, = EResgy, /(EprevDmxs, + €) indicates a residual
energy depending on an energy of a spectral band of said residual, which
corresponds to said spectral band of said mid signal,
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wherein correction_factory, = EResgp, /(EprevDmxs, + €) indicates a previous

energy depending on an energy of the spectral band of the previous mid signal,
and

wherein € = 0, or wherein 0.1 > ¢ > 0.
An apparatus according to claim 8 or 9,

wherein said residual is defined according to
Resg Res = Sg — agDmxp — a;Dmx;,

wherein Resg is said residual, wherein Si is said side signal, wherein ap is a
coefficient, wherein Dmxg is said mid signal,

wherein the encoding unit is configured to determine said residual energy
according to

EReSfb = Zfb ReSI% + Zfb ReSIZ .
An apparatus according to claim 8 or 9,

wherein said residual is defined according to
Resg Res = Sp — agDmxg — a;Dmx;,

wherein Resy is said residual, wherein Sy is said side signal, wherein ay is a real
part of a complex coefficient, and wherein a; is an imaginary part of said complex
coefficient, wherein Dmxy is said mid signal, wherein Dmx; is another mid signal
depending on the first channel of the normalized audio signal and depending on
the second channel of the normalized audio signal,

wherein another residual of another side signal S; depending on the first channel of
the normalized audio signal and depending on the second channel of the
normalized audio signal is defined according to

Res; = S;Res = S, — agDmxp — a;Dmx; ,
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wherein the encoding unit is configured to determine said residual energy
according to

EResg), = Z Res3 + Z Res?
fb fb

wherein the encoding unit is configured to determine the previous energy
depending on the energy of the spectral band of said residual, which corresponds
to said spectral band of said mid signal, and depending on an energy of a spectral
band of said another residual, which corresponds to said spectral band of said mid
signal.

An apparatus according to one of the preceding claims,

wherein the normalizer is configured to determine the normalization value for the
audio input signal depending on an energy of the first channel of the audio input
signal and depending on an energy of the second channel of the audio input
signal.

An apparatus according to one of the preceding claims,

wherein the audio input signal is represented in a spectral domain,

wherein the normalizer is configured to determine the normalization value for the
audio input signal depending on a plurality of spectral bands of the first channel of
the audio input signal and depending on a plurality of spectral bands of the second
channel of the audio input signal, and

wherein the normalizer is configured to determine the normalized audio signal by
modifying, depending on the normalization value, the plurality of spectral bands of
at least one of the first channel and the second channel of the audio input signal.

An apparatus according to claim 13,

wherein the normalizer is configured to determine the normalization value based
on the formulae:
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NRG, = /Z MDCT, ;.
NRGy = /Z MDCTg ;>

NRG,

ILD=——""%
NRG, + NRGp

wherein MDCT,, is a k-th coefficient of an MDCT spectrum of the first channel
of the audio input signal, and MDCTg, is the k-th coefficient of the MDCT
spectrum of the second channel of the audio input signal, and

wherein the normalizer is configured to determine the normalization value by
quantizing ILD.

An apparatus according to claim 13 or 14,

wherein the apparatus for encoding further comprises a transform unit and a
preprocessing unit,

wherein the transform unit is configured to configured to transform a time-domain
audio signal from a time domain to a frequency domain to obtain a transformed
audio signal,

wherein the preprocessing unit is configured to generate the first channel and the
second channel of the audio input signal by applying an encoder-side frequency
domain noise shaping operation on the transformed audio signal.

An apparatus according to claim 15,

wherein the preprocessing unit is configured to generate the first channel and the
second channel of the audio input signal by applying an encoder-side temporal
noise shaping operation on the transformed audio signal before applying the
encoder-side frequency domain noise shaping operation on the transformed audio
signal.
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An apparatus according to one of claims 1 to 12,

wherein the normalizer is configured to determine a normalization value for the
audio input signal depending on the first channel of the audio input signal being
represented in a time domain and depending on the second channel of the audio
input signal being represented in the time domain,

wherein the normalizer is configured to determine the first channel and the second
channel of the normalized audio signal by modifying, depending on the
normalization value, at least one of the first channel and the second channel of the
audio input signal being represented in the time domain,

wherein the apparatus further comprises a transform unit being configured to
transform the normalized audio signal from the time domain to a spectral domain
so that the normalized audio signal is represented in the spectral domain, and

wherein the transform unit is configured to feed the normalized audio signal being
represented in the spectral domain into the encoding unit.

An apparatus according to claim 17,

wherein the apparatus further comprises a preprocessing unit being configured to
receive a time-domain audio signal comprising a first channel and a second
channel,

wherein the preprocessing unit is configured to apply a filter on the first channel of
the time-domain audio signal that produces a first perceptually whitened spectrum
to obtain the first channel of the audio input signal being represented in the time
domain, and

wherein the preprocessing unit is configured to apply the filter on the second
channel of the time-domain audio signal that produces a second perceptually
whitened spectrum to obtain the second channel of the audio input signal being
represented in the time domain.

An apparatus according to claim 17 or 18,
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wherein the transform unit is configured to transform the normalized audio signal
from the time domain to the spectral domain to obtain a transformed audio signal,

wherein the apparatus furthermore comprises a spectral-domain preprocessor
being configured to conduct encoder-side temporal noise shaping on the
transformed audio signal to obtain the normalized audio signal being represented
in the spectral domain.

An apparatus according to one of the preceding claims,

wherein the encoding unit is configured to obtain the encoded audio signal by
applying encoder-side Stereo Intelligent Gap Filling on the normalized audio signal
or on the processed audio signal.

An apparatus according to one of the preceding claims, wherein the audio input
signal is an audio stereo signal comprising exactly two channels.

A system for encoding four channels of an audio input signal comprising four or
more channels to obtain an encoded audio signal, wherein the system comprises:

a first apparatus according to one of claims 1 to 20, for encoding a first channel
and a second channel of the four or more channels of the audio input signal to
obtain a first channel and a second channel of the encoded audio signal, and

a second apparatus according to one of claims 1 to 20, for encoding a third
channel and a fourth channel of the four or more channels of the audio input signal
to obtain a third channel and a fourth channel of the encoded audio signal.

An apparatus for decoding an encoded audio signal comprising a first channel and
a second channel to obtain a first channel and a second channel of a decoded
audio signal comprising two or more channels,

wherein the apparatus comprises a decoding unit configured to determine for each
spectral band of a plurality of spectral bands, whether said spectral band of the
first channel of the encoded audio signal and said spectral band of the second
channel of the encoded audio signal was encoded using dual-mono encoding or
using mid-side encoding,
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wherein the decoding unit is configured to use said spectral band of the first
channel of the encoded audio signal as a spectral band of a first channel of an
intermediate audio signal and is configured to use said spectral band of the second
channel of the encoded audio signal as a spectral band of a second channel of the
intermediate audio signal, if the dual-mono encoding was used,

wherein the decoding unit is configured to generate a spectral band of the first
channel of the intermediate audio signal based on said spectral band of the first
channel of the encoded audio signal and based on said spectral band of the
second channel of the encoded audio signal, and to generate a spectral band of
the second channel of the intermediate audio signal based on said spectral band
of the first channel of the encoded audio signal and based on said spectral band of
the second channel of the encoded audio signal, if the mid-side encoding was
used, and

wherein the apparatus comprises a de-normalizer configured to modify, depending
on a de-normalization value, at least one of the first channel and the second
channel of the intermediate audio signal to obtain the first channel and the second
channel of the decoded audio signal.

An apparatus according to claim 23,

wherein the decoding unit is configured to determine whether the encoded audio
signal is encoded in a full-mid-side encoding mode or in a full-dual-mono encoding
mode or in a band-wise encoding mode,

wherein the decoding unit is configured, if it is determined that the encoded audio
signal is encoded in the full-mid-side encoding mode, to generate the first channel
of the intermediate audio signal from the first channel and from the second channel
of the encoded audio signal, and to generate the second channel of the
intermediate audio signal from the first channel and from the second channel of the
encoded audio signal,

wherein the decoding unit is configured, if it is determined that the encoded audio
signal is encoded in the full-dual-mono encoding mode, to use the first channel of
the encoded audio signal as the first channel of the intermediate audio signal, and
to use the second channel of the encoded audio signal as the second channel of
the intermediate audio signal, and
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wherein the decoding unit is configured, if it is determined that the encoded audio
signal is encoded in the band-wise encoding mode,

to determine for each spectral band of a plurality of spectral bands, whether
said spectral band of the first channel of the encoded audio signal and said
spectral band of the second channel of the encoded audio signal was
encoded using the dual-mono encoding or using the mid-side encoding,

to use said spectral band of the first channel of the encoded audio signal as
a spectral band of the first channel of the intermediate audio signal and to
use said spectral band of the second channel of the encoded audio signal
as a spectral band of the second channel of the intermediate audio signal, if
the dual-mono encoding was used, and

to generate a spectral band of the first channel of the intermediate audio
signal based on said spectral band of the first channel of the encoded audio
signal and based on said spectral band of the second channel of the
encoded audio signal, and to generate a spectral band of the second
channel of the intermediate audio signal based on said spectral band of the
first channel of the encoded audio signal and based on said spectral band
of the second channel of the encoded audio signal, if the mid-side encoding
was used.

An apparatus according to claim 23,

wherein the decoding unit is configured to determine for each spectral band of said
plurality of spectral bands, whether said spectral band of the first channel of the
encoded audio signal and said spectral band of the second channel of the
encoded audio signal was encoded using dual-mono encoding or using mid-side
encoding,

wherein the decoding unit is configured to obtain said spectral band of the second
channel of the encoded audio signal by reconstructing said spectral band of the
second channel,

wherein, if mid-side encoding was used, said spectral band of the first channel of
the encoded audio signal is a spectral band of a mid signal, and said spectral band
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of the second channel of the encoded audio signal is spectral band of a side
signal,

wherein, if mid-side encoding was used, the decoding unit is configured to
reconstruct said spectral band of the side signal depending on a correction factor
for said spectral band of the side signal and depending on a spectral band of a
previous mid signal, which corresponds to said spectral band of said mid signal,
wherein the previous mid signal precedes said mid signal in time.

An apparatus according to claim 25,

wherein, if mid-side encoding was used, the decoding unit is configured to
reconstruct said spectral band of the side signal, by reconstructing spectral values
of said spectral band of the side signal according to

Si = N; + facDmxg, - prevDmx; ,i € [fb, fb + 1],

wherein S; indicates the spectral values of said spectral band of the side signal,

wherein prevDmyx; indicates spectral values of the spectral band of said previous
mid signal,

wherein N; indicates spectral values of a noise filled spectrum,

wherein facDmxg, is defined according to

. ENg)
facDmxg, :\/correctlon_factorfb - f/(Eprevaxﬂ, +€)

wherein correction_factory, is said correction factor for said spectral band of the
side signal,

wherein ENy,, is an energy of the noise-filled spectrum,

wherein EprevDmxy, is an energy of said spectral band of said previous mid signal,
and
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wherein € = 0, or wherein 0.1 > ¢ > 0.

An apparatus according to one of claims 23 to 26,

wherein the de-normalizer is configured to modify, depending on the de-
normalization value, the plurality of spectral bands of at least one of the first
channel and the second channel of the intermediate audio signal to obtain the first
channel and the second channel of the decoded audio signal.

An apparatus according to one of claims 23 to 26,

wherein the de-normalizer is configured to modify, depending on the de-
normalization value, the plurality of spectral bands of at least one of the first
channel and the second channel of the intermediate audio signal to obtain a de-
normalized audio signal,

wherein the apparatus furthermore comprises a postprocessing unit and a
transform unit, and

wherein the postprocessing unit is configured to conduct at least one of decoder-
side temporal noise shaping and decoder-side frequency domain noise shaping on
the de-normalized audio signal to obtain a postprocessed audio signal,

wherein the transform unit is configured to configured to transform the
postprocessed audio signal from a spectral domain to a time domain to obtain the
first channel and the second channel of the decoded audio signal.

An apparatus according to one of claims 23 to 26,

wherein the apparatus further comprises a transform unit configured to transform
the intermediate audio signal from a spectral domain to a time domain,

wherein the de-normalizer is configured to modify, depending on the de-
normalization value, at least one of the first channel and the second channel of the
intermediate audio signal being represented in a time domain to obtain the first
channel and the second channel of the decoded audio signal.
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An apparatus according to one of claims 23 to 26,

wherein the apparatus further comprises a transform unit configured to transform
the intermediate audio signal from a spectral domain to a time domain,

wherein the de-normalizer is configured to modify, depending on the de-
normalization value, at least one of the first channel and the second channel of the
intermediate audio signal being represented in a time domain to obtain a
de-normalized audio signal,

wherein the apparatus further comprises a postprocessing unit being configured to
process the de-normalized audio signal, being a perceptually whitened audio
signal, to obtain the first channel and the second channel of the decoded audio
signal.

An apparatus according to claim 29 or 30,

wherein the apparatus furthermore comprises a spectral-domain postprocessor
being configured to conduct decoder-side temporal noise shaping on the
intermediate audio signal,

wherein the transform unit is configured to transform the intermediate audio signal
from the spectral domain to the time domain, after decoder-side temporal noise
shaping has been conducted on the intermediate audio signal.

An apparatus according to one of claims 23 to 31,

wherein the decoding unit is configured to apply decoder-side Stereo Intelligent
Gap Filling on the encoded audio signal.

An apparatus according to one of claims 23 to 32, wherein the decoded audio
signal is an audio stereo signal comprising exactly two channels.

A system for decoding an encoded audio signal comprising four or more channels
to obtain four channels of a decoded audio signal comprising four or more
channels, wherein the system comprises:
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a first apparatus according to one of claims 23 to 32 for decoding a first channel
and a second channel of the four or more channels of the encoded audio signal to
obtain a first channel and a second channel of the decoded audio signal, and

a second apparatus according to one of claims 23 to 32 for decoding a third
channel and a fourth channel of the four or more channels of the encoded audio
signal to obtain a third channel and a fourth channel of the decoded audio signal.

A system for generating an encoded audio signal from an audio input signal and
for generating a decoded audio signal from the encoded audio signal, comprising:

an apparatus according to one of claims 1 to 21, wherein the apparatus according
to one of claims 1 to 21 is configured to generate the encoded audio signal from
the audio input signal, and

an apparatus according to one of claims 23 to 33, wherein the apparatus according
to one of claims 23 to 33 is configured to generate the decoded audio signal from
the encoded audio signal.

A system for generating an encoded audio signal from an audio input signal and
for generating a decoded audio signal from the encoded audio signal, comprising:

a system according to claim 22, wherein the system according to claim 22 is
configured to generate the encoded audio signal from the audio input signal, and

a system according to claim 34, wherein the system according to claim 34 is
configured to generate the decoded audio signal from the encoded audio signal.

A method for encoding a first channel and a second channel of an audio input
signal comprising two or more channels to obtain an encoded audio signal,
wherein the method comprises:

determining a normalization value for the audio input signal depending on the first
channel of the audio input signal and depending on the second channel of the
audio input signal,
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determining a first channel and a second channel of a normalized audio signal by
normalizing, depending on the normalization value, at least one of the first channel
and the second channel of the audio input signal,

generating a processed audio signal having a first channel and a second channel,
such that one or more spectral bands of the first channel of the processed audio
signal are one or more spectral bands of the first channel of the normalized audio
signal, such that one or more spectral bands of the second channel of the
processed audio signal are one or more spectral bands of the second channel of
the normalized audio signal, such that at least one spectral band of the first
channel of the processed audio signal is a spectral band of a mid signal depending
on a spectral band of the first channel of the normalized audio signal and
depending on a spectral band of the second channel of the normalized audio
signal, and such that at least one spectral band of the second channel of the
processed audio signal is a spectral band of a side signal depending on a spectral
band of the first channel of the normalized audio signal and depending on a
spectral band of the second channel of the normalized audio signal, and encoding
the processed audio signal to obtain the encoded audio signal.

A method for decoding an encoded audio signal comprising a first channel and a
second channel to obtain a first channel and a second channel of a decoded audio
signal comprising two or more channels, wherein the method comprises:

determining for each spectral band of a plurality of spectral bands, whether said
spectral band of the first channel of the encoded audio signal and said spectral
band of the second channel of the encoded audio signal was encoded using dual-
mono encoding or using mid-side encoding,

using said spectral band of the first channel of the encoded audio signal as a
spectral band of a first channel of an intermediate audio signal and using said
spectral band of the second channel of the encoded audio signal as a spectral
band of a second channel of the intermediate audio signal, if dual-mono encoding
was used,

generating a spectral band of the first channel of the intermediate audio signal
based on said spectral band of the first channel of the encoded audio signal and
based on said spectral band of the second channel of the encoded audio signal,
and generating a spectral band of the second channel of the intermediate audio
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signal based on said spectral band of the first channel of the encoded audio signal
and based on said spectral band of the second channel of the encoded audio
signal, if mid-side encoding was used, and

modifying, depending on a de-normalization value, at least one of the first channel
and the second channel of the intermediate audio signal to obtain the first channel
and the second channel of a decoded audio signal.

A computer program for implementing the method of claim 37 or 38 when being
executed on a computer or signal processor.





