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Description

TECHNICAL FIELD

[0001] Disclosed are embodiments related to multi-mode spatial audio discontinuous transmission (DTX) and comfort
noise generation.

BACKGROUND

[0002] Although the capacity in telecommunication networks is continuously increasing, it is still of great interest to
limit the required bandwidth per communication channel. In mobile networks, less transmission bandwidth for each call
means that the mobile network can service a larger number of users in parallel. Lowering the transmission bandwidth
also yields lower power consumption in both the mobile device and the base station. This translates to energy and cost
saving for the mobile operator, while the end user will experience prolonged battery life and increased talk-time.
[0003] One such method for reducing the transmitted bandwidth in speech communication is to exploit the natural
pauses in speech. In most conversations, only one talker is active at a time; thus speech pauses in one direction will
typically occupy more than half of the signal. The way to use this property of a typical conversation to decrease the
transmission bandwidth is to employ a discontinuous transmission (DTX) scheme, where the active signal coding is
discontinued during speech pauses. DTX schemes are standardized for all 3GPP mobile telephony standards, including
2G, 3G, and VoLTE. It is also commonly used in Voice over IP (VOIP) systems.
[0004] During speech pauses, it is common to transmit a very low bit rate encoding of the background noise to allow
for a comfort noise generator (CNG) in the receiving end to fill the pauses with a background noise having similar
characteristics as the original noise. The CNG makes the sound more natural since the background noise is maintained
and not switched on and off with the speech. Complete silence in inactive segments (such as pauses in speech) is
perceived as annoying and often leads to the misconception that the call has been disconnected.
[0005] A DTX scheme may include a voice activity detector (VAD), which indicates to the system whether to use the
active signal encoding methods (when voice activity is detected) or the low rate background noise encoding (when no
voice activity is detected). This is shown schematically in FIG. 1. System 100 includes VAD 102, Speech/Audio Coder
104, and CNG Coder 106. When VAD 102 detects voice activity, it signals to use the "high bitrate" encoding of the
Speech/Audio Coder 104, while when VAD 102 detects no voice activity, it signals to use the "low bitrate" encoding of
the CNG Coder 106. The system may be generalized to discriminate between other source types by using a (Generic)
Sound Activity Detector (GSAD or SAD), which not only discriminates speech from background noise but also may
detect music or other signal types which are deemed relevant.
[0006] Communication services may be further enhanced by supporting stereo or multichannel audio transmission.
For stereo transmission, one solution is to use two mono codecs that independently encode the left and right parts of
the stereo signal. A more sophisticated solution that normally is more efficient is to combine the encoding of the left and
right input signal, so-called joint stereo coding. The terms signal(s) and channel(s) can in many situations be used
interchangeably to denote the signals of the audio channels, e.g. the signals of the left and right channel for stereo audio.
[0007] Document WO2020002448 A1 describes a process for comfort noise generation in spatial audio coding. The
comfort noise generation process uses a weighted sum of functions taking into account the previous inactive segment
and the current inactive segment.
[0008] Document WO2019193149 A1 describes a method for generation of comfort noise for at least two audio
channels. The method comprises determining a spatial coherence between audio signals on the respective audio chan-
nels, wherein at least one spatial coherence value per frame and frequency band is determined to form a vector of spatial
coherence values. A vector of predicted spatial coherence values is formed by a weighted combination of a first coherence
prediction and a second coherence prediction that are combined using a weight factor.
[0009] In document US2013223633 A1, when the stereo signal of the current frame is a background noise part, a
stereo signal encoding apparatus generates, as encoded stereo data, encoded average spectral data, which is the
average of spectral parameters of the L-channel signal and the spectral parameters of the R-channel signal (that cor-
responds to the encoded data of the LPC coefficients of a monaural signal); encoded data of the varying component
(error) between the average spectral parameters and the LSP parameters of the L-channel signal; and encoded data
of the varying component (error) between the average spectral parameters and the LSP parameters of the R-channel
signal.

SUMMARY

[0010] The invention is defined by the appended independent claims, with the dependent claims providing further
preferrred embodiments.
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[0011] A common Comfort Noise (CN) generation method (which is used in all 3GPP speech codecs) is to transmit
information on the energy and spectral shape of the background noise in the speech pauses. This can be done using
a significantly smaller number of bits than the regular coding of speech segments. At the receiver side, the CN is generated
by creating a pseudo random signal and then shaping the spectrum of the signal with a filter based on the information
received from the transmitting side. The signal generation and spectral shaping can be done in the time or the frequency
domain.
[0012] In a typical DTX system, the capacity gain comes partly from the fact that the CN is encoded with fewer bits
than the regular encoding, but mainly from the fact that the CN parameters normally are sent less frequently than the
regular coding parameters. This typically works well since the background noise character does not change as fast as
e.g. a speech signal. The encoded CN parameters are transmitted in what often is referred to as a "SID frame," where
SID stands for Silence Descriptor. A typical case is that the CN parameters are sent every 8th speech encoder frame,
where one speech encoder frame is typically 20 ms. The CN parameters are then used as basis for the CNG in the
receiver until the next set of CN parameters is received. FIG. 2 illustrates this schematically, showing that when "active
encoding" is on, also called active segments or active coding segments, there is no "CN encoding," and when "active
encoding" is not on, also called inactive segments or inactive coding segments, then "CN encoding" proceeds intermit-
tently at every 8th frame.
[0013] One solution to avoid undesired fluctuations in the CN is to sample the CN parameters during all 8 speech
encoder frames and then transmit a parameter based on all 8 frames (such as by averaging). FIG. 3 illustrates this
schematically, showing the averaging interval over the 8 frames. Although a fixed SID interval of 8 frames is typical for
speech codecs, a shorter or longer interval for transmission of CNG parameters may be used. The SID interval may
also vary over time, for example based on signal characteristics such that the CN parameters are updated less frequently
for stationary signals and more frequently for changing signals.
[0014] A speech/audio codec with a DTX system incorporates a low bit-rate coding mode that is used to encode
inactive segments (e.g., non-speech segments), allowing the decoder to generate comfort noise with characteristics
similar to the input signal characteristics. One example is the 3GPP EVS codec. In the EVS codec, there is also functionality
in the decoder that analyses the signal during active segments and uses the result of this analysis to improve the
generation of comfort noise in the next inactive segment.
[0015] The EVS codec is an example of a multimode codec where a set of different coding technologies are used to
create a codec with great flexibility to handle e.g. different input signals and different network conditions. Future codecs
will be even more flexible, supporting stereo and multichannel audio as well as virtual reality scenarios. To enable
covering a wide range of input signals, such a codec will use several different coding technologies that may be selected
adaptively depending on the characteristics of e.g. the input signal and the network conditions.
[0016] Given the specific purpose of the CN encoding and that it is desirable to keep the complexity of the CN encoding
low, it is reasonable to have one specific mode for CN encoding even if the encoder incorporates several different modes
for encoding speech, music, or other signals.
[0017] Ideally, the transition from active encoding to CN encoding should be inaudible, but this is not always possible
to achieve. In the case where a coding technology that differs from the CN encoding is used to encode the active
segments, the risk of an audible transition is higher. A typical example is shown in FIG. 4, where the level of the CN is
higher than the preceding active segment. Note that although one signal is illustrated, similar audible transitions may
be present for all channels.
[0018] Normally the comfort noise encoding process results in CN parameters that will allow the decoder to recreate
a comfort noise with an energy corresponding to the energy of the input signal. In some cases, it may be advantageous
to modify the level of the comfort noise, e.g. to lower it somewhat to get a noise suppression effect in speech pauses
or to better match the level of the background noise being reproduced during the active signal encoding.
[0019] The active signal encoding may have a noise suppressing effect that makes the level of the reproduced back-
ground noise lower than in the original signal, especially when the noise is mixed with speech. This is not necessarily
a deliberate design choice; it can be a side-effect of the used encoding scheme. If this level reduction is fixed or fixed
for a specific encoding mode or by other means known in the decoder, it may be possible to reduce the level of the
comfort noise with the same amount to make the transition from active encoding to comfort noise smooth. But if the level
reduction (or increase) is signal dependent, there may be a step in the energy when the encoding switches from active
encoding to CN encoding. Such a stepwise change in energy will be perceived as annoying by the listener, especially
in the case where the level of the comfort noise is higher than the level of the noise in the active encoding preceding
the comfort noise.
[0020] Further difficulties may arise for joint multi-channel audio codecs, e.g. a stereo codec, where not only monaural
signals characteristics but also spatial characteristics such as inter-channel level difference, inter-channel coherence,
etc., need to be considered. For encoding and representation of such multi-channel signals, separate coding (including
DTX and CNG) for each channel is not efficient due to redundancies between the channels. Instead, various multi-
channel encoding techniques may be utilized for a more efficient representation. A stereo codec may for example utilize
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different coding modes for different signal characteristics of the input channels, e.g. single vs multiple audio sources
(talkers), different capturing techniques/microphone setups, but also utilizing a different stereo codec mode for the DTX
operation.
[0021] For CN generation, compact parametric stereo representations are suitable, being efficient in representing
signal and spatial characteristics for CN. Such parametric representations typically represent a stereo channel pair by
a downmix signal and additional parameters describing the stereo image. However, for encoding of active signal segment
different stereo encoding techniques might be more performant. Note that although one signal is illustrated, similar
audible transitions may be present for all channels.
[0022] FIG. 4 illustrates an example operation of a multi-mode audio codec. For active segments, the codec operates
in two spatial coding modes (mode _1, mode_2), e.g. stereo modes, selected for example depending on signal charac-
teristics, bitrate, or similar control features. When the codec switches to inactive (SID) encoding using a DTX scheme,
the spatial coding mode changes to a spatial coding mode used for SID encoding and CN generation (mode_CNG). It
should be noted that mode_CNG may be similar or even identical to one of the modes used for active encoding, i.e.
mode_1 or mode_2 in this example, in terms of their spatial representation. However, mode_CNG typically operates at
a significantly lower bitrate than the corresponding mode for active signal encoding.
[0023] Multi-mode mono audio codecs, such as the 3GPP EVS codec, efficiently handle transitions between different
modes of the codec and CN generation in DTX operation. These methods typically analyze signal characteristics at the
end of the active speech segments, e.g. in the so called VAD hangover period where the VAD indicated background
signal, but the regular transmission is still active to be on the safe side for avoidance of speech clipping. For multi-
channel codecs, such existing techniques may however be insufficient and result in annoying transitions between active
and inactive coding (DTX/CNG operation), especially when different spatial audio representations, or multi-channel/ster-
eo coding techniques, are used for active and inactive (SID/CNG) encoding.
[0024] FIG. 4 shows the problem of an annoying transition going from active encoding utilizing a first spatial coding
mode to inactive (SID) encoding and CN generation using a second spatial coding mode. Although existing methods
for smooth active-to-inactive transitions for monaural signals are utilized, there may be clearly audible transitions due
to the change of spatial coding modes.
[0025] Embodiments provide a solution to the issue of perceptually annoying active-to-inactive (CNG) transitions, by
a transformation and adaptation of background noise characteristics estimated while operating in a first spatial coding
mode to background noise characteristics suitable for CNG in a second spatial coding mode. The obtained background
noise characteristics are further adapted based on parameters transmitted to the decoder in the second spatial coding
mode.
[0026] Embodiments improve the transitions between active encoding and comfort noise (CN) for a multi-mode spatial
audio codec by making the transition to CN smoother. This can enable the use of DTX for high quality applications and
therefore reduce the bandwidth needed for transmission in such a service and also improve the perceived audio quality.
[0027] According to a first aspect, a method for generating comfort noise is provided. The method includes providing
a first set of background noise parameters N1 for at least one audio signal in a first spatial audio coding mode, wherein
the first spatial audio coding mode is used for active segments. The method includes providing a second set of background
noise parameters N2 for the at least one audio signal in a second spatial audio coding mode, wherein the second spatial
audio coding mode is used for inactive segments. The method includes adapting the first set of background noise
parameters N1 to the second spatial audio coding mode, thereby providing a first set of adapted background noise
parameters N1. The method includes generating comfort noise parameters by combining the first set of adapted back-
ground noise parameters N1 and the second set of background noise parameters N2 over a transition period. The method
includes generating comfort noise for at least one output audio channel based on the comfort noise parameters.
[0028] In some embodiments, generating comfort noise for the at least one output audio channel comprises applying
the generated comfort noise parameters to at least one intermediate audio signal. In some embodiments, generating
comfort noise for the at least one output audio channel comprises upmixing of the at least one intermediate audio signal.
In some embodiments, the at least one audio signal is based on signals of at least two input audio channels, and wherein
the first set of background noise parameters N1 and the second set of background noise parameters N2 are each based
on a single audio signal wherein the single audio signal is based on a downmix of the signals of the at least two input
audio channels. In some embodiments, the at least one output audio channel comprises at least two output audio
channels.
[0029] In some embodiments, providing a first set of background noise parameters N1 comprises receiving the first
set of background noise parameters N1 from a node. In some embodiments, providing a second set of background noise
parameters N2 comprises receiving the second set of background noise parameters N2 from a node. In some embodi-
ments, adapting the first set of background noise parameters N1 to the second spatial audio coding mode comprises
applying a transform function. In some embodiments, the transform function comprises a function of N1, NS1, and NS2,
wherein NS1 comprises a first set of spatial coding parameters indicating downmixing and/or spatial properties of the
background noise of the first spatial audio coding mode and NS2 comprises a second set of spatial coding parameters

^
^
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indicating downmixing and/or spatial properties of the background noise of the second spatial audio coding mode.
[0030] In some embodiments, applying the transform function comprises computing N1 = stransN1, wherein strans is a
scalar compensation factor. In some embodiments, strans has the following value:

 , where ratioLR is a downmix ratio, C corresponds to

a coherence or correlation coefficient, and c is given by  , where g and γ are gain parameters. In some
embodiments, strans has the following value:

 , where ratioLR is a downmix ratio, C cor-

responds to a coherence or correlation coefficient, and c is given by  , where g, γ and sright are gain
parameters.
[0031] In some embodiments, the transition period is a fixed length of inactive frames. In some embodiments, the
transition period is a variable length of inactive frames. In some embodiments, generating comfort noise by combining
the first set of adapted background noise parameters N1 and the second set of background noise parameters N2 over
a transition period comprises applying a weighted average of N1 and N2. In some embodiments, generating comfort
noise parameters by combining the first set of adapted background noise parameters N1 and the second set of background
noise parameters N2 over a transition period comprises computing 

where CN is the generated comfort noise parameter, cinactive is the current inactive frame count, and k is a length
of the transition period indicating a number of inactive frames for which to apply the weighted average of N1 and
N2. In some embodiments, generating comfort noise parameters by combining the first set of adapted background
noise parameters N1 and the second set of background noise parameters N2 over a transition period comprises
computing 

where 

where CN is the generated comfort noise parameter, cinactive is the current inactive frame count, k is a length of the
transition period indicating a number of inactive frames for which to apply the weighted average of N1 and N2, and
b is a frequency sub-band index. In some embodiments, generating comfort noise parameters comprises computing 

^

^
^

^

^

^
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for at least one frequency coefficient kb of frequency sub-band b.

[0032] In some embodiments, k is determined as 

where M is a maximum value for k, and r1 is an energy ratio of estimated background noise levels determined as follows: 

where b = b0, ..., bN-1 are N frequency sub-bands, N1(b) refers to adapted background noise parameters of N1 for the
given sub-band b, and N2(b) refers to adapted background noise parameters of N2 for the given sub-band b.
[0033] In some embodiments, generating comfort noise parameters by combining the first set of adapted background
noise parameters N1 and the second set of background noise parameters N2 over a transition period comprises applying
a non-linear combination of N1 and N2. In some embodiments, the method further includes determining to generate
comfort noise parameters by combining the first set of adapted background noise parameters N1 and the second set of
background noise parameters N2 over a transition period, wherein generating comfort noise parameters by combining
the first set of adapted background noise parameters N1 and the second set of background noise parameters N2 over
a transition period is performed as a result of determining to generate comfort noise parameters by combining the first
set of adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period.
[0034] In some embodiments, determining to generate comfort noise parameters by combining the first set of adapted
background noise parameters N1 and the second set of background noise parameters N2 over a transition period is
based on a evaluating a first energy of a primary channel and a second energy of a secondary channel. In some
embodiments, one or more of the first set of background noise parameters N1, the second set of background noise
parameters N2, and the first set of adapted background noise parameters N1 include one or more parameters describing
signal characteristics and/or spatial characteristics, including one or more of (i) linear prediction coefficients representing
signal energy and spectral shape; (ii) an excitation energy; (iii) an inter-channel coherence; (iv) an inter-channel level
difference; and (v) a side-gain parameter.
[0035] According to a second aspect, a node, the node comprising processing circuitry and a memory containing
instructions executable by the processing circuitry, is provided. The processing circuitry is operable to provide a first set
of background noise parameters N1 for at least one audio signal in a first spatial audio coding mode, wherein the first
spatial audio coding mode is used for active segments. The processing circuitry is operable to provide a second set of
background noise parameters N2 for the at least one audio signal in a second spatial audio coding mode, wherein the
second spatial audio coding mode is used for inactive segments. The processing circuitry is operable to adapt the first
set of background noise parameters N1 to the second spatial audio coding mode, thereby providing a first set of adapted
background noise parameters N1. The processing circuitry is operable to generate comfort noise parameters by combining
the first set of adapted background noise parameters N1 and the second set of background noise parameters N2 over
a transition period. The processing circuitry is operable to generate comfort noise for at least one output audio channel
based on the comfort noise parameters.
[0036] According to a third aspect, a computer program comprising instructions which when executed by processing
circuitry causes the processing circuitry to perform the method of any one of the embodiments of the first aspect is provided.
[0037] According to a fourth aspect, a carrier containing the computer program of the third aspect is provided, wherein
the carrier is one of an electronic signal, an optical signal, a radio signal, and a computer readable storage medium.

BRIEF DESCRIPTION OF THE DRAWINGS

[0038] The accompanying drawings, which are incorporated herein and form part of the specification, illustrate various
embodiments.
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FIG. 1 illustrates a system for generating comfort noise.

FIG. 2 illustrates encoding for active and inactive segments.

FIG. 3 illustrates encoding for inactive segments.

FIG. 4 illustrates encoding for active and inactive segments using multiple encoding modes.

FIG. 5 illustrates a system for decoding comfort noise according to an embodiment.

FIG. 6 illustrates an encoder according to an embodiment.

FIG. 7 illustrates a decoder according to an embodiment.

FIG. 8 is a flow chart according to an embodiment.

FIG. 9 illustrates encoding for active and inactive segments using multiple encoding modes according to an embod-
iment.

FIG. 10 is a schematic representation of a stereo downmix according to an embodiment.

FIG. 11 is a schematic representation of a stereo upmix according to an embodiment.

FIG. 12 is a flow chart according to an embodiment.

FIG. 13 is a block diagram of an apparatus according to an embodiment.

FIG. 14 is a block diagram of an apparatus according to an embodiment.

DETAILED DESCRIPTION

[0039] In the following embodiment a stereo codec, including an encoder and a decoder, is described. The codec may
utilize more than one spatial coding technology for a more efficient compression of stereo audio with various character-
istics, e.g. single talker speech, double talker speech, music, background noise.
[0040] The codec may be used by a node (e.g., a user equipment (UE)). For example, two or more nodes may be in
communication with each other, such as UEs that are connected via a telecommunications network using a network
standard such as 3G, 4G, 5G, and so on. One node may be the "encoding" node, where speech is encoded and sent
to a "decoding" node, where speech is decoded. The "encoding" node may send background noise parameters to the
"decoding node," which may use those parameters to generate comfort noise according to any of the embodiments
disclosed herein. The nodes may also switch between "encoding" and "decoding," such as when engaged in two-way
speech. In this case, a given node may be both an "encoding" node and a "decoding" node, and may switch between
one and the other or perform both tasks simultaneously.
[0041] FIG. 5 illustrates a system 500 for decoding comfort noise according to an embodiment. System 500 may
include speech/audio decoder 502, CNG decoder 504, background estimator 506, transforming node 508, and CN
generator 510. A received bitstream enters into the system 500, which may be either a "high" bitrate stream (for active
segments) or a "low" bitrate stream (for inactive segments). If it is a "high" bitrate stream (for active segments), the
stream is decoded by speech/audio decoder 502, which generates speech/audio output. Additionally, the output of
speech/audio decoder 502 may be passed on to background estimator 506 which can estimate background noise
parameters. The estimated background noise parameters may pass to the transforming node 508, which may apply a
transformation to the parameters, which are then sent to the CN generator 510. If it is a "low" bitrate stream (for inactive
segments), the stream is decoded by CNG decoder 504, and passed to the CN generator 510. CN generator 510 may
generate comfort noise based on the decoded stream and may additionally utilize information from the transforming
node 508 regarding background parameters estimated during active segments (and may also similarly utilize information
from nodes 502 and/or 506). The result of the CN generator 510 is CNG output, which may be applied to an audio output
channel.
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Two-channel parametric stereo encoding

[0042] Joint stereo coding techniques aim to reduce the information needed to represent the audio channel pair (e.g.,
left and right channels) to be encoded. Various (down)mixing techniques may be used to form a pair of channels that
are less correlated than the original left and right channels, and therefore that contain less redundant information, which
makes the encoding more efficient. One such well-known technique is mid-side stereo, where the sum and difference
of the input signals are forming a mid- and a side-channel. Further extensions utilize more adaptive downmixing schemes,
aiming to minimize redundant information within the channels for a more efficient encoding. Such adaptive downmix
may be done based on energy compaction techniques such as Principal Component Analysis or Karhunen-Loève
transform, or any other suitable technique. The adaptive downmixing procedure may be written as: 

 Where P and S are respectively the primary and secondary (downmixed) channels, L and R are respectively the left
and right channel inputs, and ratioLR is a downmix ratio.
[0043] The ratioLR downmix ratio is calculated based on the characteristics of the input signal; it may be based on e.g.
inter-channel correlation and level difference. A fixed ratioLR = 0.5 corresponds to the regular mid/side transformation.
The downmixing may be performed in the time-domain on audio samples or in the frequency domain for frequency bins
or sub-bands. In the equations provided here, the sample, bin, and/or sub-band indices have been left out for clarity of
presentation.
[0044] In the decoder, the inverse operation (upmix) is performed using the decoded parameter ratio’LR and the
decoded channels P’and S’ to recreate the left and right output signals (L’ and R’ respectively): 

where 

[0045] In this case the downmix parameter ratioLR is typically encoded and transmitted to the decoder for the upmix.
Additional parameters may be utilized to improve the compression efficiency further.

One-channel parametric stereo encoding

[0046] Depending on the signal characteristics, other stereo coding techniques may be more efficient than two-channel
parametric stereo encoding. Especially for CNG, the bitrate of the transmitted SID parameters needs to be reduced for
an efficient DTX system. In such a case, only one of the downmix channels (e.g. P) may be described or encoded. In
this case, additional parameters encoded and transmitted to the decoder may be used to estimate the other channel
(e.g. S) needed for the upmix. The stereo parameters will allow the decoder to, in an approximate way, reverse the
encoder downmix and recreate (upmix) a stereo signal (the upmixed signal pair) from the decoded mono mixdown signal.
[0047] A block diagram of an encoder and a decoder operating in the discrete Fourier transform (DFT) domain is
shown in FIGS. 6 and 7. As shown in FIG. 6, encoder 600 includes DFT transform unit 602, stereo processing and
mixdown unit 604, and mono speech/audio encoder 606. Time domain stereo input enters into encoder 600, where it is
subject to a DFT transform by DFT transform unit 602. DFT transform unit 602 may then pass its output (DFT-transformed
signals) onto stereo processing and mixdown unit 604. Stereo processing and mixdown unit 604 may then perform
stereo processing and mixdown, outputting a mono channel mixdown (or downmix) and stereo parameters. The mono
channel mixdown may be passed to the mono speech/audio encoder 606, which produces an encoded mono signal.
As shown in FIG. 7, decoder 700 includes mono speech/audio decoder 702, stereo processing and upmix unit 704, and
inverse DFT transform unit 706. An encoded mono signal and stereo parameters enters into decoder 700. The encoded
mono signal is passed to mono speech/audio decoder 702, which results in a mono mixdown signal being sent to the
stereo processing and upmix unit 704. The stereo processing and upmix unit 704 also receives the stereo parameters,
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and uses these to perform stereo processing and upmix on the mono mixdown signal. The output is then passed to the
inverse DFT transform unit 706, which outputs a time domain stereo output.
[0048] Suitable parameters describing the spatial characteristics of stereo signals typically relates to inter-channel
level difference (ILD), inter-channel coherence (IC), inter-channel phase difference (IPD) and inter-channel time differ-
ence (ITD), among other possibilities.
[0049] The processing in the encoder to create the downmix signal and to extract the stereo parameters may be done
in the time-domain; or, the processing may be done in the frequency domain by first transforming the input signal to the
frequency domain, e.g. by the discrete Fourier transform (DFT) or any other suitable filter bank. This also applies to the
decoder where the processing, e.g. for stereo synthesis, may be done in the time-domain or the in the frequency domain.
For frequency-domain processing, a frequency adaptive downmixing procedure may be used to optimize the downmix
for different frequency bands, e.g. to avoid signal cancellation in the downmix signal. Further, the channels may be time
aligned prior to downmixing based on the inter-channel time difference determined at the encoder.
[0050] For CNG, the P and S signals may be generated at the decoder from noise signals spectrally shaped based
on transmitted SID parameters describing the spectral properties of the estimated background noise characteristics. In
addition, the coherence, level, time, and phase differences between the channels may be described to allow for a good
reconstruction of the spatial characteristics of the background noise represented by the CN.
[0051] In one embodiment, a side gain parameter g is used to estimate or predict S from P by describing the component
of S which is coherent to P. The side gain may be estimated as the normalized inner product (or dot product): 

where <·,·> denotes the inner product of the P and S signals. This may be illustrated as the projection of S onto P in the
multi-dimensional space spanned by P and S, e.g. being vectors of time-domain samples or correspondingly in the
frequency domain.
[0052] With a passive downmix, such as the following, 

the corresponding upmix may be obtained as: 

where P’ is uncorrelated with P’, having the same spectral characteristics and signal energy as P’. Here, γ is the gain
factor for the uncorrelated component P’, which may be obtained from the inter-channel coherence as follows: 

The channel coherence C for a given frequency f is given by: 

where Sxx(f) and Syy(f) represent the respective power spectrum of the two channels x and y, and Sxy(f) is the cross
power spectrum of the two channels x and y. In a DFT based solution, the spectra may be represented by the DFT
spectra. Particularly, according to an embodiment the spatial coherence C(m, k) for frame index m and frequency bin

^
^
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index k is determined as: 

where L(m, k) and R(m, k) denote the left and right channels for frame m and frequency bin k.
[0053] Alternatively, or in addition, an inter-channel cross correlation (ICC) may be estimated. A conventional ICC
estimation relies on the cross-correlation function (CCF) rxy, which is a measure of similarity between two waveforms
x[n] and y[n], and is generally defined in the time domain as follows: 

where τ is the time-lag and E[·] the expectation operator. For a signal frame of length N, the cross-correlation is typically
estimated as: 

[0054] The ICC is then obtained as the maximum of the CCF which is normalized by the signal energies as follows: 

In such a case, the gain factor γ may be computed as: 

[0055] It may be noted that the coherence or correlation coefficient corresponds to the angle α illustrated in FIG. 10,

where  .
[0056] Further, inter-channel phase and time differences or similar spatial properties may be synthesized if there are
parameters available describing those properties.

DTX operation with stereo mode transition

[0057] In an example embodiment, the stereo codec is operating according to FIG. 4, utilizing a first stereo mode for
active signal encoding and a second stereo mode for inactive (SID) encoding for CNG at the decoder.

Background noise estimation

[0058] In embodiments, parameters for comfort noise generation (CNG) in a transition segment are determined based
on two different background noise estimates. FIG. 9 shows an example of such a transition segment at the beginning
of a comfort noise segment. A first background noise estimate may be determined based on background noise estimation
performed by the decoder while operating in the first stereo mode, e.g. based on a minimum statistics analysis of the
decoded audio signal. A second background noise estimate may be determined based on estimated background noise
characteristic of the encoded audio signal being determined at the encoder operating in the second stereo mode for SID
encoding.
[0059] The background noise estimates may include one or more parameters describing the signal characteristics,
e.g. signal energy and spectral shape described by linear prediction coefficients and an excitation energy or equivalent
representations (e.g., line spectral pairs (LSP), line spectral frequencies (LSF), etc.). The background noise character-



EP 4 179 530 B1

11

5

10

15

20

25

30

35

40

45

50

55

istics may also be represented in a transform domain, such as the Discrete Fourier Transform (DFT) or Modified Discrete
Cosine Transform (MDCT) domain, e.g. as magnitude or power spectra. Using minimum statistics to estimate a level
and spectral shape of the background noise during active encoding is just one example of a technique that can be used;
other techniques may also be used. Additionally, downmixing and/or spatial properties of the background estimates may
be estimated, encoded, and transmitted to the decoder, e.g. in the SID frames.
[0060] In one embodiment, a first set of background noise parameters N1 describe the spectral characteristic of the
P channel of the first stereo coding mode. A set of spatial coding parameters NS1 describes downmixing and/or spatial
properties of the background noise of the first stereo mode. A second set of background noise parameters N2 describes
the spectral characteristic of the P channel of the second stereo coding mode. A set of spatial coding parameters NS2
describes downmixing and/or spatial properties of the background noise of the second stereo mode.
[0061] In one embodiment the set of spatial coding parameters NS1 includes a downmix parameter, such as downmix
parameter ratioLR corresponding to the mixing factor according to eq. (1).
[0062] In one embodiment the set of spatial coding parameters NS2 includes a first gain parameter g corresponding
to a gain of the component of S that is coherent (correlated) with P, and a second gain parameter γ corresponding to a
gain of the component of S that is incoherent (uncorrelated) with P. The spatial coding parameters NS2 may represent
a complete frame of audio samples or the corresponding gain in a specific frequency sub-band. The latter implies that
there are sets of gain parameters g and γ representing the gain parameters of the frame of audio samples. In another
embodiment the second gain parameter y is determined at the decoder based on an inter-channel coherence (IC) or
correlation coefficient (ICC) being received at the decoder. Similarly, the inter-channel coherence may be described in
frequency sub-bands resulting in a set of parameters per audio frame.
[0063] Even though various representations, such as frequency sub-band energies or linear prediction coefficients
and an excitation energy, may be used to describe the background noise characteristics, N1 and N2 may be converted
into a common representation such as the DFT domain. This means that N1 and N2 may be obtained as functions of
the determined parameters describing the background noise characteristics, e.g. by a DFT transform. In one embodiment
the background noise parameters N1 and N2 are represented as frequency band energies or magnitudes.

Background noise estimate transformation

[0064] For a smooth transition going from active signal encoding in the first stereo mode to SID encoding and CNG
at the decoder, the first set of background noise parameters N1 (originating from the first stereo mode) is adapted to the
second stereo mode utilized for SID encoding and CNG. A transformed set of parameters N1 may be determined as: 

where f(·) is the transform function. The transform function may be frequency-dependent or constant over all frequencies.
[0065] In another embodiment the transformed set of parameters N1 may be determined as: 

[0066] In one embodiment the transformed set of parameters N1 is determined as a scaled version of N1:

where strans is a scalar compensation factor for the energy difference of P between the two stereo modes.
[0067] If the downmix for the first stereo mode is 

and for the second stereo mode 

^

^

^
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a scaling factor strans may be determined as: 

where 

[0068] The downmix factor ratioLR originates from NS1(the first stereo mode) while the gain parameters g and γ originate
from NS2 (the second stereo mode).
[0069] In another embodiment energy differences between the channels may be compensated at the encoder. The
downmix for the first stereo mode may then be determined by: 

[0070] The scaling factor strans may then be determined as: 

[0071] In one embodiment the scaling factor strans is determined in frequency sub-bands b.
[0072] In another embodiment the scaling factor strans is determined in fullband (no frequency sub-bands) based on
spatial coding parameters obtained in frequency sub-bands b. In this case, an average scaling factor strans may be
determined, e.g. as the arithmetic mean: 
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where strans(b) is determined for each frequency sub-band b as described above in eq. (19) or (22) with sub-band
dependent parameters.

Comfort noise generation

[0073] Once the first set of background noise parameters N1 are adapted to the second stereo mode, being transformed
to N1, comfort noise is being generated by the codec operating in the second stereo mode. For a smooth transition, the
parameters for CN are determined as a weighted sum of the two background noise estimates N1 and N2.
[0074] In the beginning of the transition segment a larger weight is put on the transformed first background noise
estimate (based on the estimate from the preceding active segment) and at the end of the transition segment a larger
weight is put on the second background noise estimate (based on the received SID parameters). With a smooth shift of
the weighting between the first and second background noise estimate a smooth transition between active segments
and inactive segments is achieved.
[0075] The transition segment may be of either fixed or adaptively varying length.
[0076] A comfort noise parameter CN may be determined as: 

where:

N1 is the transformed background noise parameters based on minimum statistics of the first stereo mode coding;
N2 is the comfort noise parameters based on SID frames of the second stereo mode coding;
cinactive is the counter for the number of inactive frames; and
k is the length of the crossfade.

[0077] When k increases the transition between background noise level in active coding to that of CN generated using
CNG parameters takes longer. In this case a linear cross-fade between N1 and N2 is obtained, but other transition
functions may be used with similar effects. The length of the cross-fade may be fixed or adaptive based on the background
noise parameters.
[0078] In one embodiment an adaptive crossfade length k is determined as: 

where M is the maximum number of frames in which crossfade can be applied, e.g. being set to 50 frames, and 

is an energy ratio of the estimated background noise levels, e.g. the sum of frequency sub-band b = b0, ..., bN-1 energies
of N1 and N2.
[0079] In another embodiment a cross-fade between N1 and N2 is obtained as 

^
^

^

^

^
^
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where 

where b is a frequency sub-band index and k may be adaptive of fixed, e.g. k = 50. In one embodiment the frequency
sub-band b may correspond to several frequency coefficients kb such that CN(kb) = r2(b)N1(kb) for the frequency bins
kb of frequency sub-band b.
[0080] Based on the obtained comfort noise parameters CN(b) stereo channels may be synthesized, in stereo mode
2 in accordance with eq. (6), i.e. 

where NCN1 and NCN2 are uncorrelated random noise signals spectrally shaped based on the obtained comfort noise
parameters CN(b). The uncorrelated noise signals may for example be generated in the frequency domain as: 

where rand1,2(k) are pseudo random generators generating unit variance noise sequences, being scaled by the obtained
comfort noise parameters CN(b) for the frequency bins kb of frequency sub-band b. FIG. 11 illustrates the CNG upmix
in a geometric representation of multi-dimensional vectors (e.g. being frames of audio samples) in accordance with eq.
(29). By synthesis of vectors with the correct length (energy) and correlation (angle α) as the encoder input channels L
and R of FIG. 10, CNG with correct inter-channel level difference and coherence is obtained. As mentioned earlier, the
CNG upmix may further include the control of inter-channel time and/or phase differences, or similar representations for
an even more accurate CN generation with respect to the spatial characteristics of the input channels.
[0081] Further, it may be useful to control whether a transition between N1 and N2 should done or whether the CNG
would better be based on N2 (and NS1, NS2) only. If N1 is estimated on P only, it may be inaccurate if there are significant
signal cancellations in P, e.g. happening for anti-correlated, or anti-phase input stereo channels.
[0082] In one embodiment, a decision whether to crossfade between the two background noise estimates or not is
based on the energy relationship between the primary and the secondary channel, which in the time domain may be
formulated as: 

where 

^

^
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A good value of the threshold SPthr has been 2.0, though other values are also possible. EP and Es are given by: 

The low-pass filter coefficients αLp and βLp should be in the range [0,1]. In one embodiment α = 0.1 and β = 1 - α = 0.9.
[0083] FIG. 9 illustrates an improved transition going from active coding of the first stereo mode to CNG in the second
stereo mode. Compared to the transition illustrated in FIG. 4, it can be seen that the transition to CNG is smoother which
results in a less audible transition and an increased perceptual performance for the stereo codec utilizing DTX for
improved transmission efficiency.
[0084] FIG. 8 is a flow chart of process 800 according to an embodiment. The process begins at block 802, with input
speech/audio. Next, at block 802, a VAD (or a SAD) detects whether there is an active segment or an inactive segment.
[0085] If it is an active segment, at block 806, stereo encoding mode 1 is performed, followed by stereo decoding
mode 1 at block 808. Next, at block 810, background estimation 810 is performed, followed by buffering at block 812,
to be used for transformation of the background estimation (from mode 1 to mode 2) at block 814, comfort noise generation
at block 816, and outputting comfort noise at block 818.
[0086] If it is an inactive segment, at block 820, background estimation is performed, followed by stereo encoding
mode 2 (SID) at block 822 and stereo decoding mode 2 at block 824. The output of the stereo decoding mode 2 may
be used at blocks 810 (background estimation) and 816 (CN generation). Typically, the transformation of the background
estimation parameters being buffered is triggered in an inactive segment, followed by comfort noise generation at block
816, and outputting comfort noise at block 818.
[0087] FIG. 12 illustrates a flow chart according to an embodiment. Process 1200 is a method performed by a node
(e.g., a decoder). Process 1200 may begin with step s1202.
[0088] Step s1202 comprises providing a first set of background noise parameters N1 for at least one audio signal in
a first spatial audio coding mode, wherein the first spatial audio coding mode is used for active segments.
[0089] Step s1204 comprises providing a second set of background noise parameters N2 for the at least one audio
signal in a second spatial audio coding mode, wherein the second spatial audio coding mode is used for inactive segments.
[0090] Step s1206 comprises adapting the first set of background noise parameters N1 to the second spatial audio
coding mode, thereby providing a first set of adapted background noise parameters N1.
[0091] Step s1208 comprises generating comfort noise parameters by combining the first set of adapted background
noise parameters N1 and the second set of background noise parameters N2 over a transition period.
[0092] Step s1210 comprises generating comfort noise for at least one output audio channel based on the comfort
noise parameters.
[0093] In some embodiments, generating comfort noise for the at least one output audio channel comprises applying
the generated comfort noise parameters to at least one intermediate audio signal. In some embodiments, generating
comfort noise for the at least one output audio channel comprises upmixing of the at least one intermediate audio signal.
In some embodiments, the at least one audio signal is based on signals of at least two input audio channels, and wherein

^

^
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the first set of background noise parameters N1 and the second set of background noise parameters N2 are each based
on a single audio signal wherein the single audio signal is based on a downmix of the signals of the at least two input
audio channels. In some embodiments, the at least one output audio channel comprises at least two output audio
channels. In some embodiments, providing a first set of background noise parameters N1 comprises receiving the first
set of background noise parameters N1 from a node. In some embodiments, providing a second set of background noise
parameters N2 comprises receiving the second set of background noise parameters N2 from a node.
[0094] In some embodiments, adapting the first set of background noise parameters N1 to the second spatial audio
coding mode comprises applying a transform function. In some embodiments, the transform function comprises a function
of N1, NS1, and NS2, wherein NS1 comprises a first set of spatial coding parameters indicating downmixing and/or spatial
properties of the background noise of the first spatial audio coding mode and NS2 comprises a second set of spatial
coding parameters indicating downmixing and/or spatial properties of the background noise of the second spatial audio
coding mode. In some embodiments, applying the transform function includes computing N1 = stransN1, wherein strans
is a scalar compensation factor.
[0095] In some embodiments, strans has the following value: 

where ratioLR is a downmix ratio, C corresponds to a coherence or correlation coefficient, and c is given by 

where g and y are gain parameters, and L and R are respectively left and right channel inputs.
[0096] In some embodiments, the transition period is a fixed length of inactive frames. In some embodiments, the
transition period is a variable length of inactive frames. In some embodiments, generating comfort noise by combining
the first set of adapted background noise parameters N1 and the second set of background noise parameters N2 over
a transition period comprises applying a weighted average of N1 and N2.
[0097] In some embodiments, generating comfort noise parameters by combining the first set of adapted background
noise parameters N1 and the second set of background noise parameters N2 over a transition period comprises computing 

where CN is the generated comfort noise, cinactive is the current inactive frame count, and k is a length of the transition
period indicating a number of inactive frames for which to apply the weighted average of N1 and N2. 17. In some
embodiments, generating comfort noise parameters by combining the first set of adapted background noise param-
eters N1 and the second set of background noise parameters N2 over a transition period comprises computing 

where 

^

^
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where CN is the generated comfort noise parameter, cinactive is the current inactive frame count, k is a length of the
transition period indicating a number of inactive frames for which to apply the weighted average of N1 and N2, and
b is a frequency sub-band index. In some embodiments, generating comfort noise parameters comprises computing 

for at least one frequency coefficient kb of frequency sub-band b.

[0098] In some embodiments, k is determined as 

where M is a maximum value for k, and r1 is an energy ratio of estimated background noise levels determined as follows: 

where b = b0, ..., bN-1 are N frequency sub-bands, N1(b) refers to adapted background noise parameters of N1 for the
given sub-band b, and N2(b) refers to adapted background noise parameters of N2 for the given sub-band b.
[0099] In some embodiments, generating comfort noise parameters by combining the first set of adapted background
noise parameters N1 and the second set of background noise parameters N2 over a transition period comprises applying
a non-linear combination of N1 and N2. In some embodiments, the method further includes determining to generate
comfort noise parameters by combining the first set of adapted background noise parameters N1 and the second set of
background noise parameters N2 over a transition period, wherein generating comfort noise parameters by combining
the first set of adapted background noise parameters N1 and the second set of background noise parameters N2 over
a transition period is performed as a result of determining to generate comfort noise parameters by combining the first
set of adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period.
[0100] In some embodiments, determining to generate comfort noise parameters by combining the first set of adapted
background noise parameters N1 and the second set of background noise parameters N2 over a transition period is
based on a evaluating a first energy of a primary channel and a second energy of a secondary channel. In some
embodiments, one or more of the first set of background noise parameters N1, the second set of background noise
parameters N2, and the first set of adapted background noise parameters N1 include one or more parameters describing
signal characteristics and/or spatial characteristics, including one or more of (i) linear prediction coefficients representing
signal energy and spectral shape; (ii) an excitation energy; (iii) an inter-channel coherence; (iv) an inter-channel level
difference; and (v) a side-gain parameter.
[0101] FIG. 13 is a block diagram of an apparatus according to an embodiment. As shown, a node 1300 (such as a
decoder) may include a providing unit 1302, an adapting unit 1304, a generating unit 1306, and an applying unit 1308.
[0102] The providing unit 1302 is configured to provide a first set of background noise parameters N1 for at least one
audio signal in a first spatial audio coding mode, wherein the first spatial audio coding mode is used for active segments.
[0103] The providing unit 1302 is further configured to provide a second set of background noise parameters N2 for
the at least one audio signal in a second spatial audio coding mode, wherein the second spatial audio coding mode is
used for inactive segments.
[0104] The adapting unit 1304 is configured to adapt the first set of background noise parameters N1 to the second
spatial audio coding mode, thereby providing a first set of adapted background noise parameters N1.
[0105] The generating unit 1306 is configured to generate comfort noise by combining the first set of adapted back-
ground noise parameters N1 and the second set of background noise parameters N2 over a transition period.
[0106] The applying unit 1308 is configured to apply the generated comfort noise to at least one output audio channel.
[0107] FIG. 14 is a block diagram of an apparatus 1300 (e.g. a node (such as a decoder)), according to some embod-
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iments. As shown in FIG. 14, the apparatus may comprise: processing circuitry (PC) 1402, which may include one or
more processors (P) 1455 (e.g., a general purpose microprocessor and/or one or more other processors, such as an
application specific integrated circuit (ASIC), field-programmable gate arrays (FPGAs), and the like); a network interface
948 comprising a transmitter (Tx) 1445 and a receiver (Rx) 1447 for enabling the apparatus to transmit data to and
receive data from other nodes connected to a network 1410 (e.g., an Internet Protocol (IP) network) to which network
interface 1448 is connected; and a local storage unit (a.k.a., "data storage system") 1408, which may include one or
more non-volatile storage devices and/or one or more volatile storage devices. In embodiments where PC 1402 includes
a programmable processor, a computer program product (CPP) 1441 may be provided. CPP 1441 includes a computer
readable medium (CRM) 1442 storing a computer program (CP) 1443 comprising computer readable instructions (CRI)
1444. CRM 1442 may be a non-transitory computer readable medium, such as, magnetic media (e.g., a hard disk),
optical media, memory devices (e.g., random access memory, flash memory), and the like. In some embodiments, the
CRI 1444 of computer program 1443 is configured such that when executed by PC 1402, the CRI causes the apparatus
to perform steps described herein (e.g., steps described herein with reference to the flow charts). In other embodiments,
the apparatus may be configured to perform steps described herein without the need for code. That is, for example, PC
1402 may consist merely of one or more ASICs. Hence, the features of the embodiments described herein may be
implemented in hardware and/or software.

Claims

1. A method for generating comfort noise comprising:

providing (s1202) a first set of background noise parameters N1 for at least one audio signal in a first spatial
audio coding mode, wherein the first spatial audio coding mode is used for active segments;
providing (s1204) a second set of background noise parameters N2 for the at least one audio signal in a second
spatial audio coding mode, wherein the second spatial audio coding mode is used for inactive segments;
adapting (s1206) the first set of background noise parameters N1 to the second spatial audio coding mode,
thereby providing a first set of adapted background noise parameters N1;
generating (s1208) comfort noise parameters by combining the first set of adapted background noise parameters
N1 and the second set of background noise parameters N2 over a transition period; and
generating (s1210) comfort noise for at least one output audio channel based on the comfort noise parameters.

2. The method of claim 1, wherein generating comfort noise for the at least one output audio channel comprises
applying the generated comfort noise parameters to at least one intermediate audio signal.

3. The method of claim 1, wherein generating comfort noise for the at least one output audio channel comprises
upmixing of at least one intermediate audio signal.

4. The method of any one of claims 1-3, wherein the at least one audio signal is based on signals of at least two input
audio channels, and wherein the first set of background noise parameters N1 and the second set of background
noise parameters N2 are each based on a single audio signal wherein the single audio signal is based on a downmix
of the signals of the at least two input audio channels.

5. The method of any one of claims 1-4, wherein providing a first set of background noise parameters N1 comprises
receiving the first set of background noise parameters N1 from a node, and providing a second set of background
noise parameters N2 comprises receiving the second set of background noise parameters N2 from a node.

6. The method of claim 1, wherein adapting the first set of background noise parameters N1 to the second spatial audio
coding mode comprises applying a transform function.

7. The method of claims 6, wherein the transform function comprises a function of N1, NS1, and NS2, wherein NS1
comprises a first set of spatial coding parameters indicating downmixing and/or spatial properties of the background
noise of the first spatial audio coding mode and NS2 comprises a second set of spatial coding parameters indicating
downmixing and/or spatial properties of the background noise of the second spatial audio coding mode.

8. The method of any one of claims 6-7, wherein applying the transform function comprises computing N1 = stransN1,
wherein strans is a scalar compensation factor.
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9. The method of any one of claims 1-8, wherein the transition period is a fixed length of inactive frames.

10. The method of any one of claims 1-8, wherein the transition period is a variable length of inactive frames.

11. The method of any one of claims 1-10, wherein generating comfort noise by combining the first set of adapted
background noise parameters N1 and the second set of background noise parameters N2 over a transition period
comprises applying a weighted average of N1 and N2.

12. The method of any one of claims 1-11, wherein generating comfort noise parameters by combining the first set of
adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period comprises computing 

where CN is the generated comfort noise parameter, cinactive is the current inactive frame count, and k is a length
of the transition period indicating a number of inactive frames for which to apply the weighted average of N1 and N2.

13. The method of any one of claims 1-11, wherein generating comfort noise parameters by combining the first set of
adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period comprises computing 

where 

where CN is the generated comfort noise parameter, cinactive is the current inactive frame count, k is a length of the
transition period indicating a number of inactive frames for which to apply the weighted average of N1 and N2, and
b is a frequency sub-band index.

14. The method of claim 13, wherein generating comfort noise parameters comprises computing 

for at least one frequency coefficient kb of frequency sub-band b.

15. The method of any one of claims 1-10, wherein generating comfort noise parameters by combining the first set of
adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period comprises applying a non-linear combination of N1 and N2.

16. The method of any one of claims 1-15, further comprising determining to generate comfort noise parameters by
combining the first set of adapted background noise parameters N1 and the second set of background noise pa-
rameters N2 over a transition period, wherein generating comfort noise parameters by combining the first set of
adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period is performed as a result of determining to generate comfort noise parameters by combining the first set of
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adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period.

17. The method of claim 16, wherein determining to generate comfort noise parameters by combining the first set of
adapted background noise parameters N1 and the second set of background noise parameters N2 over a transition
period is based on a evaluating a first energy of a primary channel and a second energy of a secondary channel.

18. The method of any one of claims 1-17, wherein one or more of the first set of background noise parameters N1, the
second set of background noise parameters N2, and the first set of adapted background noise parameters N1 include
one or more parameters describing signal characteristics and/or spatial characteristics, including one or more of (i)
linear prediction coefficients representing signal energy and spectral shape; (ii) an excitation energy; (iii) an inter-
channel coherence; (iv) an inter-channel level difference; and (v) a side-gain parameter.

19. A node (1300), the node comprising processing circuitry (1402) and a memory containing instructions (1444) exe-
cutable by the processing circuitry, whereby the processing circuitry (1402) is operable to:

provide a first set of background noise parameters N1 for at least one audio signal in a first spatial audio coding
mode, wherein the first spatial audio coding mode is used for active segments;
provide a second set of background noise parameters N2 for the at least one audio signal in a second spatial
audio coding mode, wherein the second spatial audio coding mode is used for inactive segments;
adapt the first set of background noise parameters N1 to the second spatial audio coding mode, thereby providing
a first set of adapted background noise parameters N1;
generate comfort noise parameters by combining the first set of adapted background noise parameters N1 and
the second set of background noise parameters N2 over a transition period; and
generate comfort noise for at least one output audio channel based on the comfort noise parameters.

20. The node of claim 19, wherein the processing circuitry is further operable to perform the method according to any
one of claims 2 to 18.

Patentansprüche

1. Verfahren zum Erzeugen von Komfortrauschen, das Folgenden umfasst:

Bereitstellen (s1202) eines ersten Satzes von Hintergrundrauschparametern N1 für mindestens ein Audiosignal
in einem ersten Modus für räumliche Audiocodierung, wobei der erste Modus für räumliche Audiocodierung für
aktive Segmente verwendet wird;
Bereitstellen (s1204) eines zweiten Satzes von Hintergrundrauschparametern N2 für das mindestens eine Au-
diosignal in einem zweiten Modus für räumliche Audiocodierung, wobei der zweite Modus für räumliche Audi-
ocodierung für inaktive Segmente verwendet wird;
Anpassen (s1206) des ersten Satzes von Hintergrundparametern N1 an den zweiten Modus für räumliche
Audiocodierung, wodurch ein erster Satz von angepassten Hintergrundrauschparametern N1 bereitgestellt wird;
Erzeugen (s1208) von Komfortrauschparametern durch Kombinieren des ersten Satzes von angepassten Hin-
tergrundrauschparametern N1 und des zweiten Satzes von Hintergrundrauschparametern N2 über eine Über-
gangsperiode; und
Erzeugen (s1210) von Komfortrauschen für mindestens einen Ausgabeaudiokanal basierend auf den Komfort-
rauschparametern.

2. Verfahren nach Anspruch 1, wobei das Erzeugen von Komfortrauschen für den mindestens einen Ausgabeaudio-
kanal Anwenden der erzeugten Komfortrauschparameter an mindestens ein Zwischenaudiosignal umfasst.

3. Verfahren nach Anspruch 1, wobei das Erzeugen von Komfortrauschen für den mindestens einen Ausgabeaudio-
kanal Upmixing von mindestens einem Audiozwischensignal umfasst.

4. Verfahren nach einem der Ansprüche 1-3, wobei das mindestens eine Audiosignal auf Signalen von mindestens
zwei Eingabeaudiokanälen basiert und wobei der erste Satz von Hintergrundrauschparametern N1 und der zweite
Satz von Hintergrundrauschparametern N2 jeweils auf einem einzelnen Audiosignal basieren, wobei das einzelne
Audiosignal auf einem Downmix der Signale der mindestens zwei Eingabeaudiokanäle basiert.
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5. Verfahren nach einem der Ansprüche 1-4, wobei das Bereitstellen eines ersten Satzes von Hintergrundrauschpa-
rametern N1 Empfangen des ersten Satzes von Hintergrundrauschparametern N1 von einem Knoten umfasst, und
das Bereitstellen eines zweiten Satzes von Hintergrundrauschparametern N2 Empfangen des zweiten Satzes von
Hintergrundrauschparametern N2 von einem Knoten umfasst.

6. Verfahren nach Anspruch 1, wobei das Anpassen des ersten Satzes von Hintergrundrauschparametern N1 an den
zweiten Modus für räumliche Audiocodierung Anwenden einer Transformationsfunktion umfasst.

7. Verfahren nach Anspruch 6, wobei die Transformationsfunktion eine Funktion von N1, NS1 und NS2 umfasst, wobe
NS1 einen ersten Satz von Parametern für räumliche Codierung umfasst, die Downmixing und/oder räumliche
Eigenschaften des Hintergrundrauschens des ersten Modus für räumliche Audiocodierung angeben, und NS2 einen
zweiten Satz von Parametern für räumliche Codierung umfasst, die Downmixing und/oder räumliche Eigenschaften
des Hintergrundrauschens des zweiten Modus für räumliche Audiocodierung angeben.

8. Verfahren nach einem der Ansprüche 6-7, wobei das Anwenden der Transformationsfunktion Berechnen von N1 =
stransN1, umfasst, wobei strans ein skalarer Kompensationsfaktor ist.

9. Verfahren nach einem der Ansprüche 1-8, wobei die Übergangsperiode eine fixe Länge von inaktiven Frames ist.

10. Verfahren nach einem der Ansprüche 1-8, wobei die Übergangsperiode eine variable Länge von inaktiven Frames ist.

11. Verfahren nach einem der Ansprüche 1-10, wobei das Erzeugen von Komfortrauschens durch Kombinieren des
ersten Satzes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hintergrundrausch-
parametern N2 über eine Übergangsperiode Anwenden eines gewichteten Mittelwerts von N1 und N2 umfasst.

12. Verfahren nach einem der Ansprüche 1-11, wobei das Erzeugen von Rauschkomfortparametern durch Kombinieren
des ersten Satzes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hinter-
grundrauschparametern N2 über eine Übergangsperiode Berechnen des Folgenden umfasst: 

wobei CN der erzeugte Komfortrauschparameter ist, cinactive die aktuelle Zählung inaktiver Frames ist und k eine
Länge der Übergangsperiode ist, die eine Anzahl an inaktiven Frames angibt, auf die der gewichtete Mittelwert von
N1 und N2 anzuwenden ist.

13. Verfahren nach einem der Ansprüche 1-11, wobei das Erzeugen von Komfortrauschparametern durch Kombinieren
des ersten Satzes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hinter-
grundrauschparametern N2 über eine Übergangsperiode Berechnen des Folgenden umfasst: 

wobei 

wobei CN der erzeugte Komfortrauschparameter ist, cinactive die aktuelle Zählung inaktiver Frames ist, k eine Länge
der Übergangsperiode ist, die eine Anzahl an inaktiven Frames angibt, auf die der gewichtete Mittelwert von N1 und
N2 anzuwenden ist, und b ein Frequenzunterbandindex ist.
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14. Verfahren nach Anspruch 13, wobei das Erzeugen von Konfortrauschparametern Berechnen von 

für mindestens einen Frequenzkoeffizienten kb des Frequenzunterbands b umfasst.

15. Verfahren nach einem der Ansprüche 1-10, wobei das Erzeugen von Rauschkomfortparametern durch Kombinieren
des ersten Satzes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hinter-
grundrauschparametern N2 über eine Übergangsperiode Anwenden einer nicht linearen Kombination aus N1 und
N2 umfasst.

16. Verfahren nach einem der Ansprüche 1-15, das ferner Bestimmen umfasst, Rauschkomfortparameter durch Kom-
binieren des ersten Satzes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hin-
tergrundrauschparametern N2 über eine Übergangsperiode zu erzeugen, wobei das Erzeugen von Rauschkomfort-
parametern durch Kombinieren des ersten Satzes von angepassten Hintergrundrauschparametern N1 und des
zweiten Satzes von Hintergrundrauschparametern N2 über eine Übergangsperiode als ein Ergebnis des Bestim-
mens, Rauschkomfortparameter durch Kombinieren des ersten Satzes von angepassten Hintergrundrauschpara-
metern N1 und des zweiten Satzes von Hintergrundrauschparametern N2 über eine Übergangsperiode zu erzeugen,
durchgeführt wird.

17. Verfahren nach Anspruch 16, wobei das Bestimmen, Rauschkomfortparameter durch Kombinieren des ersten Sat-
zes von angepassten Hintergrundrauschparametern N1 und des zweiten Satzes von Hintergrundrauschparametern
N2 über eine Übergangsperiode zu erzeugen, auf einem Bewerten einer ersten Energie eines primären Kanals und
einer zweiten Energie eines sekundären Kanals basiert.

18. Verfahren nach einem der Ansprüche 1-17, wobei ein oder mehrere des ersten Satzes von Hintergrundrauschpa-
rametern N1, des zweiten Satzes von Hintergrundrauschparametern N2 und des ersten Satzes von angepassten
Hintergrundrauschparametern N1 einen oder mehrere Parameter beinhalten, die Signaleigenschaften und/oder
räumliche Eigenschaften beschreiben, einschließlich eines oder mehrerer von (i) linearen Vorhersagekoeffizienten,
die Signalenergie und Spektralform darstellen; (ii) einer Anregungsenergie; (iii) einer Kohärenz zwischen Kanälen;
(iv) einer Pegeldifferenz zwischen Kanälen; und (v) einem Nebenverstärkungsparameter.

19. Knoten (1300), wobei der Knoten eine Verarbeitungsschaltung (1402) und einen Speicher (1444) umfasst, der
Anweisungen enthält, die durch die Verarbeitungsschaltung ausführbar sind, wodurch die Verarbeitungsschaltung
(1402) zu Folgendem betreibbar ist:

Bereitstellen eines ersten Satzes von Hintergrundrauschparametern N1 für mindestens ein Audiosignal in einem
ersten Modus für räumliche Audiocodierung, wobei der erste Modus für räumliche Audiocodierung für aktive
Segmente verwendet wird;
Bereitstellen eines zweiten Satzes von Hintergrundrauschparametern N2 für das mindestens eine Audiosignal
in einem zweiten Modus für räumliche Audiocodierung, wobei der zweite Modus für räumliche Audiocodierung
für inaktive Segmente verwendet wird;
Anpassen des ersten Satzes von Hintergrundparametern N1 an den zweiten Modus für räumliche Audiocodie-
rung, wodurch ein erster Satz von angepassten Hintergrundrauschparametern N1 bereitgestellt wird;
Erzeugen von Komfortrauschparametern durch Kombinieren des ersten Satzes von angepassten Hinter-
grundrauschparametern N1 und des zweiten Satzes von Hintergrundrauschparametern N2 über eine Über-
gangsperiode; und
Erzeugen von Komfortrauschen für mindestens einen Ausgabeaudiokanal basierend auf den Komfortrausch-
parametern.

20. Knoten nach Anspruch 19, wobei die Verarbeitungsschaltung ferner dazu betreibbar ist, das Verfahren nach einem
der Ansprüche 2 bis 18 durchzuführen.

Revendications

1. Procédé de génération d’un bruit de confort comprenant :
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la fourniture (s1202) d’un premier ensemble de paramètres de bruit de fond N1 pour au moins un signal audio
dans un premier mode de codage audio spatial, dans lequel le premier mode de codage audio spatial est utilisé
pour des segments actifs ;
la fourniture (s1204) d’un second ensemble de paramètres de bruit de fond N2 pour l’au moins un signal audio
dans un second mode de codage audio spatial, dans lequel le second mode de codage audio spatial est utilisé
pour des segments inactifs ;
l’adaptation (s1206) du premier ensemble de paramètres de bruit de fond N1 au second mode de codage audio
spatial, fournissant ainsi un premier ensemble de paramètres de bruit de fond adaptés N1 ;
la génération (s1208) de paramètres de bruit de confort en combinant le premier ensemble de paramètres de
bruit de fond adaptés N1 et le second ensemble de paramètres de bruit de fond N2 pendant une période de
transition ; et
la génération (s1210) d’un bruit de confort pour au moins un canal audio de sortie sur la base des paramètres
de bruit de confort.

2. Procédé selon la revendication 1, dans lequel la génération d’un bruit de confort pour l’au moins un canal audio de
sortie comprend l’application des paramètres de bruit de confort générés à au moins un signal audio intermédiaire.

3. Procédé selon la revendication 1, dans lequel la génération d’un bruit de confort pour l’au moins un canal audio de
sortie comprend le sur-mixage d’au moins un signal audio intermédiaire.

4. Procédé selon l’une quelconque des revendications 1 à 3, dans lequel l’au moins un signal audio est basé sur des
signaux d’au moins deux canaux audio d’entrée, et dans lequel le premier ensemble de paramètres de bruit de fond
N1 et le second ensemble de paramètres de bruit de fond N2 sont chacun basés sur un signal audio unique, dans
lequel le signal audio unique est basé sur un sous-mixage des signaux des au moins deux canaux audio d’entrée.

5. Procédé selon l’une quelconque des revendications 1 à 4, dans lequel la fourniture d’un premier ensemble de
paramètres de bruit de fond N1 comprend la réception du premier ensemble de paramètres de bruit de fond N1 à
partir d’un noeud, et la fourniture d’un second ensemble de paramètres de bruit de fond N2 comprend la réception
du second ensemble de paramètres de bruit de fond N2 à partir d’un noeud.

6. Procédé selon la revendication 1, dans lequel l’adaptation du premier ensemble de paramètres de bruit de fond N1
au second mode de codage audio spatial comprend l’application d’une fonction de transformation.

7. Procédé selon la revendication 6, dans lequel la fonction de transformation comprend une fonction de N1, NS1, et
NS2, dans lequel NS1 comprend un premier ensemble de paramètres de codage spatial indiquant le sous-mixage
et/ou des propriétés spatiales du bruit de fond du premier mode de codage audio spatial et NS2 comprend un second
ensemble de paramètres de codage spatial indiquant un sous-mixage et/ou des propriétés spatiales du bruit de
fond du second mode de codage audio spatial.

8. Procédé selon l’une quelconque des revendications 6 et 7, dans lequel l’application de la fonction de transformation
comprend le calcul de N1 = stransN1, dans lequel strans est un facteur de compensation scalaire.

9. Procédé selon l’une quelconque des revendications 1 à 8, dans lequel la période de transition est une longueur fixe
de trames inactives.

10. Procédé selon l’une quelconque des revendications 1 à 8, dans lequel la période de transition est une longueur
variable de trames inactives.

11. Procédé selon l’une quelconque des revendications 1 à 10, dans lequel la génération d’un bruit de confort en
combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le second ensemble de paramètres
de bruit de fond N2 pendant une période de transition comprend l’application d’une moyenne pondérée de N1 et N2.

12. Procédé selon l’une quelconque des revendications 1 à 11, dans lequel la génération de paramètres de bruit de
confort en combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le second ensemble de
paramètres de bruit de fond N2 pendant une période de transition comprend le calcul 
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où CN est le paramètre de bruit de confort généré, cinactive est le nombre de trames inactives actuelles et k est une
longueur de la période de transition indiquant un nombre de trames inactives auxquelles appliquer la moyenne
pondérée de N1 et N2.

13. Procédé selon l’une quelconque des revendications 1 à 11, dans lequel la génération de paramètres de bruit de
confort en combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le second ensemble de
paramètres de bruit de fond N2 pendant une période de transition comprend le calcul 

où 

où CN est le paramètre de bruit de confort généré, cinactive est le nombre de trames inactives actuelles, k est une
longueur de la période de transition indiquant un nombre de trames inactives auxquelles appliquer la moyenne
pondérée de N1 et N2, et b est un indice de sous-bande de fréquence.

14. Procédé selon la revendication 13, dans lequel la génération de paramètres de bruit de confort comprend le calcul 

pour au moins un coefficient de fréquence kb de sous-bande de fréquence b.

15. Procédé selon l’une quelconque des revendications 1 à 10, dans lequel la génération de paramètres de bruit de
confort en combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le second ensemble de
paramètres de bruit de fond N2 pendant une période de transition comprend l’application d’une combinaison non
linéaire de N1 et N2.

16. Procédé selon l’une quelconque des revendications 1 à 15, comprenant en outre la détermination de générer des
paramètres de bruit de confort en combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le
second ensemble de paramètres de bruit de fond N2 pendant une période de transition, dans lequel la génération
de paramètres de bruit de confort en combinant les premier ensemble de paramètres de bruit de fond adaptés N1
et le second ensemble de paramètres de bruit de fond N2 pendant une période de transition est exécutée à la suite
de la détermination de générer des paramètres de bruit de confort en combinant le premier ensemble de paramètres
de bruit de fond adaptés N1 et le second ensemble de paramètres de bruit de fond N2 pendant une période de
transition.

17. Procédé selon la revendication 16, dans lequel la détermination de générer des paramètres de bruit de confort en
combinant le premier ensemble de paramètres de bruit de fond adaptés N1 et le second ensemble de paramètres
de bruit de fond N2 pendant une période de transition est basée sur une évaluation d’une première énergie d’un
canal primaire et d’une seconde énergie d’un canal secondaire.

18. Procédé selon l’une quelconque des revendications 1 à 17, dans lequel un ou plusieurs parmi le premier ensemble
de paramètres de bruit de fond N1, le second ensemble de paramètres de bruit de fond N2 et le premier ensemble
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de paramètres de bruit de fond adaptés N1 comportent un ou plusieurs paramètres décrivant des caractéristiques
de signal et/ou des caractéristiques spatiales, comportant un ou plusieurs parmi (i) des coefficients de prédiction
linéaire représentant une énergie de signal et la forme spectrale ; (ii) une énergie d’excitation ; (iii) une cohérence
inter-canaux ; (iv) une différence de niveau inter-canaux ; et (v) un paramètre de gain latéral.

19. Noeud (1300), le noeud comprenant un circuit de traitement (1402) et une mémoire contenant des instructions
(1444) exécutables par le circuit de traitement, moyennant quoi le circuit de traitement (1402) peut fonctionner pour :

fournir un premier ensemble de paramètres de bruit de fond N1 pour au moins un signal audio dans un premier
mode de codage audio spatial, dans lequel le premier mode de codage audio spatial est utilisé pour des
segments actifs ;
fournir un second ensemble de paramètres de bruit de fond N2 pour l’au moins un signal audio dans un second
mode de codage audio spatial, dans lequel le second mode de codage audio spatial est utilisé pour des segments
inactifs ;
adapter le premier ensemble de paramètres de bruit de fond N1 au second mode de codage audio spatial,
fournissant ainsi un premier ensemble de paramètres de bruit de fond adaptés N1 ;
générer des paramètres de bruit de confort en combinant le premier ensemble de paramètres de bruit de fond
adaptés N1 et le second ensemble de paramètres de bruit de fond N2 pendant une période de transition ; et
générer un bruit de confort pour au moins un canal audio de sortie sur la base des paramètres de bruit de confort.

20. Noeud selon la revendication 19, dans lequel le circuit de traitement peut en outre fonctionner pour exécuter le
procédé selon l’une quelconque des revendications 2 à 18.
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