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Error resilient tools for audio encoding/decoding
Description

Technical field

There are provided examples of audio signal representation encoders, audio encoders,
audio signal representation decoders, and audio decoders, in particular using error
resilient tools, e.g. for learnable applications (e.g., using neural networks). In particular,
there are described error resilient tools for neural end-to-end speech codecs, such as
forward error correction (FEC) and packet loss concealment (PLC).

Background
Error resilient tools like Packet Loss Concealment (PLC) and Forward Error Correction

(FEC) has been implemented for conventional speech codec system. For application
like VolP, where frequent packet losses and delays are unavoidable, such tools play a
crucial role in maintaining the quality of service for end-users. In recent times, deep
neural network (DNN) based speech codec has seen a significant rise, due to their
ability to transmit speech signal at very low bitrates. Recently proposed, Neural End-
to-End Speech Codec (NESC) efficiently encode the speech signal at low bitrate of
3.2kbps and lower, and is robust to noisy and reverberant speech signal (description
of NESC is carried out, in particular in Figs. 9-13 and the related description). Extend-
ing the robustness of NESC to packet losses, we propose an autoregressive neural
network to perform packet loss concealment along with a low bitrate forward error cor-
rection at additional bitrate which can be as low as 0.8kbps. Our method works on the
latent representation of the NESC and is trained independent of the codec.

Real-time VolP communications are highly sensitive to network conditions and con-
gestions, resulting in packet loss or large delays in packet arrival. The decoder should
be capable of handling such losses and conceal the lost packet to maintain good qual-
ity of service. Basic Packet Loss Concealment (PLC) techniques included methods like
silencing the lost frame, repeating the pitch lag or some form of extrapolation. More
advance state of the art communication codecs like Enhanced Voice Service (EVS)
supports two types of error resilient tools, one being the Packet Loss Concealment that
extrapolates coded parameters from the previous frames like the Line Spectral Fre-
quency (LSF), pitch information of future frame sent for the lost frames with additional
transmitted information, the other being the Forward Error Correction(FEC) where fea-

tures of distant past frames are coarsely quantized and piggy-backed on future
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frames[1][2]. Transmitting redundant information in anticipation of a loss has to be
done with cares since it puts additional strain on a network connection and could en-

gender additional latency.

In recent times, neural network-based system has shown unprecedented rise and out-
performed conventional systems in various fields such as speech enhancement,
speech coding, speech synthesis etc. Similarly, DNN based PLC models like Wave-
NetEQ [3], PLAAE[4], LPCNet based PLCI[5], [6] etc. has shown to outperform con-
ventional concealment methods over large burst and higher error rates. Most of these
methods performs concealment directly on speech signal in a post-processing way,
whereas recently proposed LPCNet Based PLC model predicts features of the future
frame and generates concealed signal with autoregressive LPCNet[8].

Limits of post-processing (DNN-based) PLC:

e PLC model agnostic of the coding scheme, need fine-tuning and adjustment for
supporting optimally different codecs

e Well received frames may be affected by the post-processing step

¢ Over-head of complexity and latency

¢ Recovery capability limited to codec’s quality -> no joint training possible be-
tween PLC and coding modules.

We propose a solution even more integrated within the neural coding scheme than [6]
and less complex and less intrusive, by doing the concealment in the quantization do-

main within the inverse quantization scheme.

On the other hand, no or very few specific FEC solutions for neural coding was pro-

posed till now for neural coders.
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Summary
According to the invention, there is provided an audio signal representation decoder

configured to decode an audio signal representation from a bitstream, the bitstream
being divided in a sequence of packets, the audio signal representation decoder com-
prising:

a bitstream reader, configured to sequentially read the sequence of packets;

a packet loss controller, configured to check whether a current packet is well
received or is to be considered as lost;

a quantization index converter, configured, in case the packet loss controller
has determined that the current packet is well received, to convert at least one index
extracted from the current packet onto at least one current code from at least one

codebook, thereby forming at least one portion of the audio signal representation; and
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wherein the audio signal representation decoder is configured, in case the
packet loss controller has determined that the current packet is to be considered as
lost, to generate, through at least one learnable predictor layer, at least one current
code by from at least one preceding code or, thereby forming at least one portion of
the audio signal representation.

According to an aspect, the at least one codebook associates indexes to codes or parts
of codes, so that the quantization index converter converts the at least one index ex-
tracted from the current packet onto the at least one converted code, or at least one
part of a converted code.

According to an aspect, the at least one codebook includes:

a base codebook associating indexes to main portions of codes; and

at least one low-ranking codebook associating indexes to residual portions of
codes,

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, and the at least one
low-ranking index onto at least one residual portion of the current code,

wherein the quantization index converter is further configured to reconstruct the

current code by adding the main portion to the at least one residual portion.

According to an aspect, the at least one codebook includes:

a base codebook associating indexes to main portions of codes; and

at least one low-ranking codebook,

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, or a high-ranking sub-
code, and the at least one low-ranking index onto at least one residual portion of the
current code, or a high-ranking subcode,

wherein the quantization index converter is further configured to reconstruct the

current code by adding the main portion to the at least one residual portion or by putting
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together the at least one high-ranking subcode with the at least one low-ranking sub-
code or by putting together the at least one high-ranking subcode with the at least one
low-ranking subcode or by putting together the high-ranking subcode with the at least
one low-ranking subcode.

According to an aspect, the audio signal representation decoder may be configured to
predict at least one current code from at least the at least one high-ranking index of
the at least one preceding or following packet, but not from the lowest-ranking index of
the at least one preceding or following packet.

According to an aspect, the audio signal representation decoder may be configured to
predict the current code from at least the high-ranking index of the at least one preced-
ing packet and from at least one middle-ranking index, but not from the lowest-ranking
index of the of the at least one preceding packet.

According to an aspect, the audio signal representation decoder may be configured
to store redundancy information written in packets of the bitstream but referring to dif-
ferent packets, the audio signal representation decoder being configured to store the
redundancy information in a temporary storage unit,

wherein the audio signal representation decoder is configured, in case the at
least one current packet is to be considered as lost, to search the temporary storage
unit, and, in case the redundancy information referring to the at least one current
packet is retrieved, to:

retrieve at least one index from the redundancy information referring to the cur-
rent packet;

cause the quantization index converter to convert the at least one retrieved in-
dex from the at least one codebook onto a substitutive code;

cause the processing block to generate the at least one portion of the audio
signal by converting the at least one substitutive code onto the at least portion of the
audio signal.

According to an aspect, the redundancy information provides at least the high-ranking
index(es) of the at least one preceding or following packet, but not at least one of the
lower-ranking index(es) of the at least one preceding or following packet.
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According to an aspect, at least one learnable predictor may be configured to perform
the prediction, the at least one learnable predictor having at least one learnable pre-
dictor layer.

According to an aspect, the at least one learnable predictor is trained by sequentially
predicting predicted current codes, or respectively current indexes, from preceding
and/or following packets, and by comparing the predicted current codes, or the current
codes obtained from predicted indexes, with converted codes converted from packets
having been well received, so as to learn learnable parameters of the at least one
learnable predictor layer which minimize errors of the predicted current codes with re-

spect the converted codes converted from the packets having correct format.

According to an aspect, the at least one learnable predictor layer includes at least one

recurrent learnable layer.

According to an aspect, the at least one learnable predictor layer includes at least one
gated recurrent unit.

According to an aspect, the at least one learnable predictor layer has at least one state,
the at least one learnable predictor layer being iteratively instantiated, along a
sequential plurality of learnable predictor layer instantiations,
in such a way that, to predict the current code, a current learnable predictor layer
instantiation receives a state from at least one preceding learnable predictor layer in-
stantiation which has predicted at least one preceding code for at least one preceding
packet,

According to an aspect, to predict the current code, the current learnable predictor
layer instantiation receives in input:

the at least one preceding converted code in case the at least one preceding
packet is considered well received: and

the at least one preceding predicted code in case the at least one preceding

packet is considered as lost.
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According to an aspect, to predict the current code, the current learnable predictor
layer instantiation receives the state from the at least one preceding iteration both in
case the at least one preceding packet is considered well received and in case the at

least one preceding packet is considered as lost.

According to an aspect, the at least one learnable predictor layer is configured to pre-
dict the current code and/or to receive the state from the at least one preceding learn-
able predictor layer instantiation both in case the at least one preceding packet is con-
sidered well received and in case the at least one preceding packet is considered as
lost, so as to provide the predicted code and/or to output the state to at least one

subsequent learnable predictor layer instantiation.

According to an aspect, the current learnable predictor layer instantiation includes at

least one learnable convolutional unit.

According to an aspect, the current learnable predictor layer instantiation includes at
least one learnable recurrent unit.

According to an aspect, the at least one recurrent unit of the current learnable layer is
inputted with a state from a correspondent at least one recurrent unit from the at least
one preceding learnable predictor layer instantiation, and outputs a state to a corre-
sponding at least one recurrent unit of at least one subsequent learnable predictor

layer instantiation.

According to an aspect, the current learnable predictor layer instantiation has a series
of learnable layers.

According to an aspect, for the current learnable predictor layer instantiation, the series
of learnable layers includes at least one dimension-reducing learnable layer and at
least one dimension-increasing learnable layer subsequent to the at least one dimen-

sion-reducing learnable layer.

According to an aspect, the at least one dimension-reducing learnable layer includes

at least one learnable layer with a state.
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According to an aspect, the at least one dimension-increasing learnable layer includes

at least one learnable layer without a state.

According to an aspect, the series of learnable layers is gated.

According to an aspect, the series of learnable layers is gated through a softmax acti-

vation function.

According to the invention, there is provided an audio signal representation decoder
configured to decode an audio signal representation from a bitstream, the bitstream
being divided in a sequence of packets, the audio signal representation decoder com-
prising:

a bitstream reader, configured to sequentially read the sequence of packets,
and to extract, from the at least one current packet:

at least one index of the at least one current packet;

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

a packet loss controller, PLC, configured to check whether the at least one cur-
rent packet is well received or is to be considered as lost;

a quantization index converter, configured, to convert the at least one index of
the at least one current packet onto at least one current converted code from at least
one codebook, thereby forming a portion of the audio signal representation;

a redundancy information storage unit , configured to store the redundancy in-
formation and to provide the stored redundancy information on the at least one current
packet in case the PLC has determined that the at least one current packet is to be
considered as lost, to form a portion of the audio signal representation through the

redundancy information.

According to an aspect, the redundancy information storage unit is configured to store,
as redundancy information, at least one index from a preceding or following packet, so

as to provide, to the quantization index converter, the stored at least one index in case
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the controller has determined that the at least one current packet is to be considered

as lost.

According to an aspect, the redundancy information storage unit is configured to store,
as redundancy information, at least one code previously extracted from a preceding or
following packet, to bypass the quantization index converter using the stored code in
case in case the controller has determined that the at least one current packet is to be

considered as lost.

According to an aspect, the at least one codebook associates indexes to codes or parts
of codes, so that the quantization index converter converts the at least one index ex-
tracted from the current packet onto the at least one converted code, or at least one

part of a converted code.

According to an aspect, the at least one codebook includes:

a base codebook associating indexes to main portions of codes; and

at least one low-ranking codebook associating indexes to residual portions of
codes,

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the guantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, and the at least one
low-ranking index onto at least one residual portion of the current code,

wherein the quantization index converter is further configured to reconstruct the
current code by adding the main portion to the at least one residual portion.

According to an aspect, an audio signal representation decoder may be configured to
generate or retrieve the at least one current code from at least the at least one high-
ranking index of the at least one preceding or following packet, but not from the lowest-

ranking index of the of the at least one preceding or following packet.

According to an aspect, an audio signal representation decoder may be configured to

generate or retrieve the current code from at least the high-ranking index of the at least
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one preceding or following packet and from at least one middle-ranking index, but not

from the lowest-ranking index of the of the at least one preceding or following packet.

According to the invention, there is provided an audio generator for generating an au-
dio signal from a bitstream, comprising the audio signal representation decoder,

further configured to generate the audio signal by converting the audio signal
representation onto the audio signal.

According to an aspect, the audio signal may be further configured to render the gen-
erated audio signal.

According to an aspect, a first data provisioner may be configured to provide, for a
given frame (e.g. a portion of audio signal to be generated), first data derived from an
input signal. There may be a first processing block, configured, for the given frame, to
receive the first data and to output first output data in the given frame,
wherein the first processing block comprises:
at least one conditioning learnable layer configured, for the given frame,
to process target data, from the decoded audio signal representation, to obtain
conditioning feature parameters for the given frame; and
a styling element, configured to apply the conditioning feature parame-

ters to the first data or normalized first data.

According to an aspect, the audio generator may be configured so that the bitrate of
the audio signal is greater than the bitrate of both the target data and/or of the first data
and/or of the second data.

According to an aspect, the second processing block may be configured to increase
the bitrate of the second data, to obtain the audio signal.

According to an aspect, the first processing block is configured to up-sample the first
data from a number of samples for the given frame to a second number of samples for

the given frame greater than the first number of samples.
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According to an aspect, the second processing block is configured to up-sample the
second data obtained from the first processing block from a second number of samples
for the given frame to a third number of samples for the given frame greater than the

second number of samples.

According to an aspect, the audio generator may be configured to reduce the number
of channels of the first data from a first number of channels to a second number of
channels of the first output data which is lower than the first number of channels.

According to an aspect, the second processing block may be configured to reduce the
number of channels of the first output data, obtained from the first processing block,
from a second number of channels to a third number of channels of the audio signal,

wherein the third number of channels is lower than the second number of channels.

According to an aspect, the audio signal is a mono audio signal.

According to an aspect, the audio generator may be configured to obtain the input

signal from the audio signal representation.

According to an aspect, the audio generator may be configured to obtain the input

signal from noise.

According to an aspect, the conditioning set of learnable layers comprises one or at

least two convolution layers.

According to an aspect, at least one preconditioning learnable layer configured to re-
ceive the audio signal representation, or a processed version thereof, and, for the given
frame, output target data representing the audio signal in the given frame.

According to an aspect, the at least one preconditioning learnable layer is configured
to provide the target data as a spectrogram or a decoded spectrogram.
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According to an aspect, a first convolution layer is configured to convolute the target
data or up-sampled target data to obtain first convoluted data using a first activation

function.

According to an aspect, the conditioning set of learnable layers and the styling element
are part of a weight layer in a residual block of a neural network comprising one or

more residual blocks.

According to an aspect, the audio generator further comprises a normalizing element,

which is configured to normalize the first data.

According to an aspect, the audio generator further comprises a normalizing element,

which is configured to normalize the first data in the channel dimension.

According to an aspect, the audio signal is a voice audio signal.

According to an aspect, the target data is up-sampled by a factor of a power of 2 or by

another factor, such as 2.5 or a multiple of 2.5,

According to an aspect, the target data is up-sampled by non-linear interpolation.

According to an aspect, the first processing block further comprises:
a further set of learnable layers, configured to process data derived from the
first data using a second activation function,

wherein the second activation function is a gated activation function.

According to an aspect, the further set of learnable layers comprises one or two or

more convolution layers.

According to an aspect, the second activation function is a softmax-gated hyperbolic
tangent, TanH, function.

According to an aspect, the first activation function is a leaky rectified linear unit, leaky
Relu, function.
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According to an aspect, convolution operations run with maximum dilation factor of 2.

According to an aspect, an audio generator comprises eight first processing blocks and

one second processing block.

According to an aspect, the first data has one dimension, which is lower than the audio

signal.

According to an aspect, the target data is a spectrogram.

According to an aspect, there is provided an encoder, comprising:

an audio signal representation generator configured to generate, through at
least one learnable layer, an audio signal representation as a representation of an
audio signal, the audio signal representation including a sequence of tensors;

a quantizer configured to convert each current tensor of the sequence of tensors
onto at least one index, wherein each index is obtained from at least one codebook
associating a plurality of tensors to a plurality of indexes;

a bitstream writer configured to write packets in the bitstream, so that a current
packet includes the at least one index for the current tensor of the sequence of tensors,

wherein the encoder is configured to write redundancy information of the current
tensor in at least one preceding or following packet of the bitstream different from the
current packet and/or to write, in the current packet, redundancy information of a ten-

sor, different from the current tensor, in the current packet

According to an aspect, the at least one codebook associates parts of tensors to in-

dexes, so that the quantizer converts the current tensor onto a plurality of indexes.

According to an aspect, the at least one codebook includes:

a base codebook associating main portions of tensors to indexes; and

at least one low-ranking codebook associating residual portions of tensors to
indexes,

wherein the at least one current tensor has at least one main portion and at

least one residual portion,
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wherein the quantizer is configured to convert the main portion of the at least
one current tensor onto at least one high-ranking index, and the at least one residual
portion of the at least one tensor onto at least one low-ranking index,

so that the bitstream writer writes, in the bitstream, both the high-ranking index
and the at least one low-ranking index.

According to an aspect, the encoder may be configured to provide the redundancy
information with at least the high-ranking index(es) of the at least one preceding or
following packet, but not at least the lowest-ranking low-ranking index(es) of the same
at least one preceding or following packet.

According to an aspect, the encoder may be configured to transmit the bitstream to a

receiver through a communication channel.

According to an aspect, the encoder may be configured to monitor the payload state
of the communication channel, so as, in case the payload state in the communication
channel is over a predetermined threshold, to increase the quantity of redundancy in-

formation.

According to an aspect, the encoder may be configured to:

in case the payload in the communication channel is below the predetermined
threshold, to only transmit, as redundancy information, for each current packet, high-
ranking indexes of the at least one preceding or following packet; and

in case the payload of the communication channel is over the predetermined
threshold, to transmit, as redundancy information, for each current packet, both the
high-ranking indexes of the at least one preceding or following packet and at least

some low-ranking indexes of the same at least one preceding or following packet.

According to an aspect, the encoder may be configured to compute a packet offset
between the current packet and the at least one preceding or following packet having
the redundant information at least in function of the payload of the communication

channel.
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According to an aspect, the encoder may be configured to compute a packet offset
between the current packet and the at least one preceding or following packet having

the redundant information at least in function of the envisioned application.

According to an aspect, the encoder may be configured to compute a packet offset
between the current packet and the at least one preceding or following packet having
the redundant information at least in function of an input provided by the end-user.

According to an aspect, the at least one codebook includes a redundancy codebook
associating a plurality of tensors to a plurality of indexes, wherein the encoder is con-
figured to write the redundancy information of the current tensor in the at least one
preceding or following packet of the bitstream different from the current packet as an

index received from the at least one quantization codebook.

According to an aspect, there is provided a method for decoding an audio signal rep-

resentation from a bitstream, the method including:

reading a sequence of packets comprised in the bitstream, and extracting, from
a current packet:

at least one index of the current packet;

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

checking whether the current packet is well received or is to be considered as
lost;

converting the at least one index of the current packet onto at least one current
converted code from at least one codebook, thereby forming a portion of the audio
signal representation;

storing the redundancy information and providing the stored redundancy infor-
mation on the at least one current packet in case the checking has determined that the



10

15

20

25

WO 2024/132187 16 PCT/EP2022/087807

at least one current packet is to be considered as lost, to form a portion of the audio

signal representation through the redundancy information.

According to an aspect, there is provided a method for decoding an audio signal rep-
resentation from a bitstream, the bitstream being divided in a sequence of packets, the

audio signal representation decoder comprising:
seguentially reading the sequence of packets;
checking whether a current packet is well received or is to be considered as lost;

in case the checking has determined that the current packet is well received,
converting at least one index extracted from the current packet onto at least one cur-
rent code from at least one code-book, thereby forming at least one portion of the audio

signal representation; and

in case the packet loss controller has determined that the current packet is to
be considered as lost, generating, through at least one learnable predictor layer, at

least one current code by prediction from at least one preceding code or index.
According to an aspect, there is provided a method comprising:

generating, through at least one learnable layer, an audio signal representation
as a representation of an audio signal, the audio signal representation including a se-

quence of tensors;

converting each current tensor of the sequence of tensors onto at least one
index, wherein each index is obtained from at least one codebook associating a plu-

rality of tensors to a plurality of indexes;

writing packets in a bitstream, so that a current packet includes the at least one
index for the current tensor of the sequence of tensors,

wherein the method includes writing redundancy information of the current ten-
sor in at least one preceding or following packet of the bitstream different from the
current packet, and/or writing, in the current packet, redundancy information of at least
one tensor to be written in at least one preceding or following packet of the bitstream

different from the current packet.
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According to an aspect, there is provided a non-transitory storage unit storing instruc-
tions which, when executed by a computer, cause the computer to:

extract, from a current packet:
at least one index of the current packet; and

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

check whether the current packet is well received or is to be considered as lost:

convert the at least one index of the current packet onto at least one current
converted code from at least one codebook, thereby forming a portion of the audio
signal representation;

control the storing of the redundancy information and retrieved the stored re-
dundancy information on the at least one current packet in case the checking has de-
termined that the at least one current packet is to be considered as lost, to form a

portion of the audio signal representation through the redundancy information.

According to an aspect, there is provided a non-transitory storage unit storing instruc-

tions which, when executed by a computer, cause the computer to:
sequentially read a sequence of packets;
check whether a current packet is well received or is to be considered as lost;

in case the check has determined that the current packet is well received, con-
vert at least one index extracted from the current packet onto at least one current code
from at least one code-book, thereby forming at least one portion of the audio signal

representation; and

in case the check has determined that the current packet is to be considered as
lost, generate, through at least one learnable predictor layer, at least one current code

by prediction from at least one preceding code or index.
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According to an aspect, there is provided a non-transitory storage unit storing instruc-
tions which, when executed by a computer, cause the computer to:

generate, through at least one learnable layer, an audio signal representation
as a representation of an audio signal, the audio signal representation including a se-

guence of tensors;

convert each current tensor of the sequence of tensors onto at least one index,
wherein each index is obtained from at least one codebook associating a plurality of

tensors to a plurality of indexes;

write packets in a bitstream, so that a current packet includes the at least one
index for the current tensor of the sequence of tensors,

write redundancy information of the current tensor in at least one preceding or
following packet of the bitstream different from the current packet, and/or writing, in the
current packet, redundancy information of at least one tensor to be written in at least

one preceding or following packet of the bitstream different from the current packet.

In aspects above, it is often referred to portions of codes. For example, they may refer
to components (e.g. addends) or subcodes (e.g. high-ranking subcodes and low-rank-

ing subcodes).

Figures
Figs. 1a and 1b show examples according to the present disclosure for PLC.

Fig. 2 shows a technique at an audio signal representation decoder.

Figs. 3a and 3b show bitstream buffering techniques

Figs. 4 and 5 show evaluation results of present examples.

Figs. 6a and 6b show examples of audio encoders and of audio signal representation
encoders.

Figs. 7, 8a, and 8b show examples of audio decoders and of audio signal representa-
tion decoders.

Figs. 9-13 shows examples of audio decoders and of techniques for audio decoders
and audio signal representation decoders.
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Examples
It is noted that, here below, reference is often made to learnable layers. These learna-

ble layers may be implemented, for example, in neural networks.

Figs. 6a and 6b show two examples of an encoder 1600, in particular, an encoder
1600a in Fig. 6a and an encoder 1600b in Fig. 6b.

With reference to Fig. 6a, the encoder 1600a of Fig. 6a encodes an input audio signal
1602 onto a bitstream 1630. The input audio signal 1602 may be an uncompressed
analog or digital representation of an audio signal, e.g. recorded from a microphone
and/or stored in a storage unit and/or received from remote. The encoder 1600a may
operate sequentially, e.g. by sequentially generating a packet (or a portion of packet,
or a plurality of packets) of the bitstream from one portion of the input audio signal
1602. The encoder 1600a may comprise an audio signal representation generator
1604. The audio signal representation generator 1604 may comprise at least one
learnable layer, and may therefore be considered a learnable audio signal representa-
tion generator 1604. The audio signal representation generator 1604 may generate
(e.g., through the at least one learnable layer) an audio signal representation 1606,
which may be a sequence of tensors (codes). Each tensor may be a vector or a matrix,
or a generalized matrix (e.g. having more than 2 dimensions, e.g. a n x m x p tensor
wherein at least one of n, m, and p is greater than 1). In case the tensor is a vector, it

shall at least have two dimensions (e.g. a nx1 matrix, with n greater than 1).

The encoder 1600a may include a quantizer 1608. The quantizer 1608 may convert
each current tensor 1606 of the sequence of tensors onto at least one index 1626.

Therefore, a sequence of indexes may be outputted by the quantizer 1608.

Each index may be received from at least one codebook. The at least one codebook
is collectively indicated, in Fig. 6a, with the reference numeral 1620. In general terms,
the quantizer 1608 may search, in the at least one codebook 1620, an index which
shall represent a particular code (or a portion thereof) in the bitstream 1630.

In some examples, there may be several codebooks. Fig. 6a shows a high-ranking

codebook 1622. The high-ranking codebook may output, to the quantizer 1608, at least
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one high-ranking index 1623. Fig. 6a also shows a low-ranking codebook 1624 (which
may be optional), which may output low-ranking indexes 1625 to the quantizer 1608.
This is because, in some examples, it is possible to associate multiple indexes to one
tensor, to increase resolution: the higher ranking index 1623 will be awarded to the
most significant portion of the tensor 16086; a lower ranking index 1625 will be awarded
to a less significant portion of the tensor 1606; and so on, up to the lowest ranking
index, awarded to the least significant portion of the tensor 1606. Hence, there may be
more than one low-ranking codebook (and, in this case, there can be a ranking be-
tween different codebooks, so that each codebook has a ranking that is different from
the other codebooks; there may be a base codebook which is the highest ranking
codebook, and low-ranking codebooks). In some examples, there are three codebooks
(e.g. base codebook which is the highest ranking codebook, a middle-ranking code-
book, and a lowest-ranking codebook). In other examples, there can be four code-
books (e.g. base codebook which is the highest ranking codebook, a first-highest-rank-
ing codebook, a second-highest-ranking codebook, and a lowest-ranking codebook).
The indexes outputted by the base codebook are the highest-ranking indexes, the in-
dexes outputted by the lowest-ranking codebook are the lowest-ranking indexes, and
so on. However, in some examples, there may be one single codebook 1620 (and no
low-ranking codebook 1624 may therefore be present). In any case, each codebook
1620 (whether alone, or whether there are multiple codebooks 1622, 1624, etc.) pro-
vides an index 1626 for each tensor or part of tensors. Therefore, each tensor 1606 is
mapped onto one index 1626 (e.g., in some cases when there is only one codebook
and there are no low-ranking codebooks 1624), or each tensor 1606 may be mapped
onto multiple indexes 1626 (e.g., 1623, 1625), e.g. where there are multiple codebooks
(e.g., 1622, 1624, etc.). For each tensor inputted into the quantizer 1608, the outputted
indexes 1626 may be recognized, for example, by their position.

The quantizer 1608 when using several codebooks can involve techniques known as
split vector quantization and multi-stage vector quantization, also known as residual
vector quantization. In split vector quantization, the tensor to quantize is split into mul-
tiple subvectors (or more in general subtensors), which are then quantized inde-
pendently. This allows for a more fine-grained control over the quantization process,
as different subvectors (or more in general subtensors) can be quantized using differ-

ent bit widths or precision levels. Split vector quantization design can be performed
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manually, by selecting the optimal bit width for each subvector (or more in general
subtensors), or automatically, using machine learning techniques. In contrast, multi-
stage vector quantization involves quantizing the tensor from lower to higher precision
representations in iterative multiple stages, with each stage decreasing the quantiza-
tion distortion further. It is achieved as described above by coding first the tensor with
the highest ranking codebook and coding the resulting quantization error further by
second highest ranking codebooks. The process is repeated till the last stage with the
lowest ranking codebook. Once again, the quantization design can be done manually,
by selecting the optimal bit width for each stage, or automatically, using machine learn-

ing techniques.

The encoder 1600a may include a bitstream writer 1628. The bitstream writer 1628
may write packets in the bitstream 1630. For example, the indexes 1626 (e.g., 1623,
1625) may be encapsulated in a current packet according to a predetermined syntax
and/or in a predetermined position. As will be shown in Fig. 3a (see below), a packet
may comprise one primary frame (which may be a primary frame, carrying indexes
1626 written by the quantizer 1608 based on the at least one codebook) and one sec-
ondary frame (which may carry redundancy information 1612 or 1612b, as explain be-
low). Therefore, the encoder 1600a may write redundancy information 1612 of the cur-
rent sensor 1606 in the bitstream 1630. Notably, however, the redundancy information
1612 may be written in at least one preceding or following packet of the bitstream 1630,
which is different from the current packet. Analogously, in the preceding or following
packets of the bitstream, there may be redundancy information of even other packets.

Further, the current packet may be associated (e.g. in the same fame) with redundancy
information of a different packet. The bitstream 1630 may comprise, for each packet,
also further information such as a packet identifier, and syntactical redundancy check
information (e.g., cyclic redundancy check, CRC, information, or other syntactical re-
dundancy check information, such as parity/disparity bit, or others), which will help the
receiver to determine between the packet being considered correctly received (and will
therefore be used for rendering audio signal) or the packet being to be considered as
lost (and will therefore be used for rendering audio signal). Advantageously, however,

even if a packet will be considered as lost by the receiver, notwithstanding there will
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be redundancy information in at least one other packet which will permit to reconstruct,

at least partially, the portion of the audio signal.

According to an example, the redundancy information 1612 may be outputted by a
redundancy information storage 1610, e.g. to be provided to the bitstream writer 1628.
The redundancy information storage 1610 may store indexes 1626 (e.g., 1623, 1625)
relating to the current tensor 1606, and provide the indexes to the bitstream writer
1628, in a packet different from the current packet. It is noted that in Fig. 6a it is shown
that both the high-ranking indexes 1623 (received from the high-ranking codebook
1622) and the low-ranking indexes 1625 (received from the low-ranking codebook
1624) are provided to the redundancy information storage 1610. Notwithstanding, in
some examples, only the high-ranking codebooks 1623 are provided to the redun-
dancy information storage 1610, while it is refrained from providing the low-ranking
codebooks 1625 to the redundancy information storage 1610: in this case, a result is
that the low-ranking codebook 1625 will not participate to the redundancy information
1612 to be written in the bitstream 1630. In the examples in which there are more than
two codebooks (e.g., the high-ranking, base codebook, a middle-ranking codebook, a
low-ranking codebook with ranking lower than the base codebook, and so on) it may
be that only indexes from higher-ranking codebooks are provided to the redundancy
information storage 1612, while at least one low-ranking codebook provides indexes
that are not provided to the redundancy information storage. In some examples, also
at least some (e.g. all) of the at least one low-ranking indexes are provided to the
redundancy information storage 1610, but it is dynamically decided whether to also
provide the low-ranking indexes to the bitstream writer 1628 based on the payload
state of the network (e.g. in such a way that, if the network is busy over a predeter-
mined threshold, then at least some of the lower-ranking indexes are not written in the
bitstream 1630, while if the network is busy over a predetermined threshold, also the

lower-ranking indexes are written in the bitstream 1630; see also below).

Therefore, each codebook 1620 (1622, 1624, etc.) may associate parts of tensors to
indexes, so that the quantizer 1608 converts the current tensor 1606 onto a plurality of

indexes.
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As explained above, each codebook 1620 (1622, 1624, etc.) may include (in some
examples) a base codebook (high-ranking codebook) 1622 which associates main por-
tions of tensors to indexes, and at least one low-ranking codebook 1624 associated to
residual portions of tensors to indexes. This is because each tensor may have at least
one main portion and at least one residual portion (the residual portion may be more
than one, and may be ranked exactly as the codebooks). Therefore, the quantizer 1608
may convert the main portion of at least one current tensor onto at least one high-
ranking index 1623, and the at least one residual portion of the at least one tensor onto
at least one low-ranking index 1625. Accordingly, the bitstream writer 1628 may write,
in the bitstream 1620, both the high-ranking index and the at least one low-ranking
index 1625. As explained above, in some examples, only at least one high-ranking
index 1623 (obtained from the high-ranking codebook 1622) of the at least one pre-
ceding or following packet is written in the bitstream, while at least the lowest-ranking
index 1625 (or, in some examples, other low-ranking indexes with a ranking interme-
diate between the highest-ranking codebook and the lowest-ranking codebook) are not
written in the bitstream 1630.

In the encoder 1600b of Fig. 6b, the learnable audio signal representation generator
1604 can be the same of that of the encoder 1600a of Fig. 6a. Also, the bitstream writer
1628 may be, in principle, not different from the analogous bitstream writer of the en-
coder 1600a of Fig. 6a. There may be at least one codebook 1620a (e.g. 1622, 1624),
which may be, in principle, the same of the be at least one codebook 1620 (e.g. 1622,
1624) of the encoder 1600a of Fig. 6a. However, in the encoder 1600b the redundancy
information (here indicated with 1612b) may be obtained from indexes 1623b derived
from at least one codebook 1620b (“redundancy codebook”) different from the code-
book 1620a. The index 1623b provided by the codebook 1620b may be a codebook
with restricted resolution and with reduced length (therefore reducing the payload, and
speeding up the transmission). Basically, the codebook 1620b is in general different
from the main codebook 1620a (1622, 1624) outputting the indexes 1626 (e.g., 1623,
1625, etc.) to the quantizer 1608. The indexes 1623b provided by the redundancy
codebook 1620b may, advantageously, have a worse resolution than the indexes 1626
(e.g., 1623, 1625, etc.) provided by the at least one codebook 1620a (e.g., 1622, 1624,
etc.). The at least one codebook 1620a may, therefore, be considered an at least one
main codebook, while the at least one redundancy codebook 1620b (which may have
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a worse resolution) may provide approximated information with respect to the indexes
1626 (e.g., 1623, 1625, etc.) provided in the bitstream 1630. Therefore, the redun-
dancy codebook 1620b may provide indexes 1623b, which occupy less bit length than
the indexes outputted by the main codebook 1620a. Further the redundancy codebook
can be designed and trained for the specific size and need of the redundancy infor-
mation storage, which will lead to better redundant information 1612b than retaining
part the indexes derived from the quantizer 1608. Apart from that, the at least one
codebook 1620b (and the indexes 1623b) may have the same design of the at least
one main codebook 1620a. For example, there may be one high-ranking redundancy
codebook and at least one low-ranking redundancy codebook, and there can be differ-
ent approximations, etc. Therefore, the fact that the arrow 1623b is a single arrow does
not necessarily imply that there is only one single index 1623b outputted by the redun-
dancy codebook 1620b. Hence, the redundancy codebook 1620b can be described in
the same way, in any aspect, as the ranking codebook 1620a. Therefore, any feature
described for the at least one codebook 1620 (1622, 1624) or 1624a in principle may
be also used to describe any example of the redundancy codebook 1610, and its de-
scription is not repeated for the sake of conciseness.

Fig. 3a shows an example of encapsulating both the indexes 1626 as converted by the
quantizer 1608 and the redundancy information 1612 or 1612b for any of the encoders
1600a and 1600b. The redundancy information 1612 or 1612b may be generated by
the bitstream writer 1628 e.g. in a jitter buffer 1628j. The bitstream writer 1628 (e.g.,
the jitter buffer 1628j) may therefore generate a packet in a primary frame (which may
contain the index(es) 1626 as outputied by the quantizer 1608) and a redundant frame
(which may contain the redundancy information 1612 or 1612b). In the figure, an nt
packet is shown having a primary frame n and a redundant frame n — 5; an (n + 1)
packet having the (n + 1) primary frame and the (n — 4)" redundant frame (which is
also redundancy information 1612 or 1612b), and up to an (n + 5)" primary frame and
an n" redundancy frame. Basically, in the (n + 5)!" packet, the redundancy information
is taken from the n'" packet (e.g., in a reduced version) such as only the high-ranking
indexes 1623 but not the low-ranking indexes 1625. Therefore, when the n'" packet is
encoded by the bitstream writer 1628 information on the primary frame n is provided
to the redundancy information storage 1610 (in the case of the encoder 1600a of Fig.

6a) to be subsequently used, as a redundancy information 1612, for encoding the (n +



10

15

20

25

30

WO 2024/132187 25 PCT/EP2022/087807

5)th packet. In other cases, there may be the example of the Fig. 6b, whenthen + 5 is
encoded the redundancy information for the n'" packet (redundancy information 1612b)
is taken from a different codebook with respect to a redundancy codebook 1620b which
is different from the main codebook 1620. It is also noted that the primary frame 1626
is shown to comprise indexes Cofi), C1(i), Cz(i), Cs(i) for the i frame (Co is the index
1623 obtained from the high-ranking codebook 1622, C1is a first low-ranking index
1625 obtained from the low-ranking codebook 1624, and so on). The redundant frame
Co(i-5) (1612) may be substituted by C’(i-5) in the case of the example of Fig. 6b.

As explained above, in other cases the bitstream 1630 may be transmitted to a re-
ceiver. Fig 3b shows an example of a technique which may be implemented in the
encoder 1600a or 1600b. In the cases in which the bitstream 1630 is transmitted in a
network 1640, or more in general in a communication channel. Here, the quantity of
redundancy information to be written in the current packet can vary based on the state
of the network 1640. Fig. 3b shows a detector 1642 which may detect the state of the
network 1640 (the detector may measure, for example, the latency of the transmission,
e.g. as provided in acknowledgment from the receiver, and/or may measure the quan-
tity of transmissions concurrently transmitted by other devices, and/or may have
knowledge on the corrupted frames as acknowledged by the receiver, or detect or
sense any other metrics which permits to determine the state of the communication
channel). A controller 1644 may read the state 1643 of the network 1640. As can be
seen, the controller 1644 is shown to control a switch 1645 which can select between
permitting and preventing the encoding of at least one low-ranking index 1625, but
which has no influence on the encoding of the high-ranking index 1625. The switch
1624 may be opened, for example, when the payload state of the network 1640 is
below a predetermined threshold, so that there is not the encoding of the low-ranking
index 1625 when the network is busy, while the at least one high-ranking index 1623
is notwithstanding written in the bitstream 1630. In case the payload state of the net-
work (communication channel) 1640 is below the predetermined threshold (meaning
that the network is comparatively free), then the switch 1645 is closed and the low-
ranking index 1625 may be written in the bitstream 1630,
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In addition or in alternative, the controller 1644 may exert a control 1645, based on
the payload status 1643 of the communication channel 1640, to control the offset be-
tween the current packet and the packet from which the redundancy information 1612
or 1612b is received. Accordingly, the offset between the currently written packet and
the packet for which the redundancy information is provided can dynamically vary ac-
cording to the payload. With reference to Fig. 3a, there may be the situation in which
instead of the (n - 5) packet the (n — 4)" is encoded as redundancy information,
thereby changing the offset dynamically with the payload. In another situation, the con-
trol 1645’ may be not based (or not completely based) on the payload 1643 of the
network 1640, but on a selection from a user or by a preselection. As an example, if
network is congested, packet drop rate is higher, and offset may need to be increased
if it implies larger bursts of packet lost. Alternatively, one can add another layer of
redundancy information by within a signal nth packet add 2 redundancy information
with 2 different offset. For example nth packet can be attached with (n-5)th redundancy
information and (n-7)th redundancy information. It will then protect even more the bit-
stream at a cost of any additional extra bit-rate.

Therefore, the encoder may compute a packet offset between the current packet and
the at least one preceding or following packet having the redundant information at least
in function of the payload of the communication channel, e.g. in such a way that the
higher the payload in the communication channel, or the higher the error rate in the
communication channel, the higher the packet offset. The packet offset may be sig-
nalled in the bitstream.

In examples, the packet offset between the current packet and the at least one pre-
ceding or following packet having the redundant information may be defined by the
encoder at least in function of the envisioned application. In examples, the packet off-
set between the current packet and the at least one preceding or following packet hav-
ing the redundant information at least in function of an input provided by the end-user.

By virtue of the above, it is now possible to see that redundancy information 1612 or
1612b may be provided to the bitstream 1630 which will help to reconstruct a packet
in case that packet is lost from the redundancy information 1612 or 1612b written in a
different packet.
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Fig. 7 shows an example of an audio generator 1700. The audio generator 1700 may
convert a bitstream 1630 (which in some examples may be the same bitstream of that
generated by the encoder 600a or 600b of Fig. 6a or 6b). The audio generator 1700
may generate audio signals 1724 from the bitstream 1630. It is to be noted that the
audio signal 1724 that are generally meant at being a trustful representation of the
input audio signal 1602 e.g. as provided to the encoders 1600a and 1600b, for exam-
ple. here a forward error correction (FEC) may be implemented.

It is possible to implement the present examples in an audio signal representation de-
coder 1710 (which may be or may also not be part of the audio generator 1700). The
audio signal representation decoder 1710 may decode an audio representation 1720
which represents the audio signals 1602 (which are to be converted, subsequently, in
audio signals 1724). Therefore, it is here explained how the audio signal representation
decoder 1710 is constituted according to some examples. The audio signal represen-
tation decoder 1710, at first, may decode the audio representation 1720 from the bit-
stream 1630. The bitstream 1630 is divided in a sequence of packets, e.g. as explained
above. The audio signal representation decoder 1710 (or more in particular the audio
generator 1700) may comprise a bitstream reader 1702 (e.g. index extractor). The bit-
stream reader 1702 may sequentially read the sequence of packets (which form the
bitstream 1630). The bitstream reader 1702 may extract, from at least one current
packet, at least one index 1704 (e.g. a plurality of indexes) of the at least one current
packet. From the at least one current packet, redundancy information 1714 giving in-
formation on at least one preceding or following packet may be provided to a redun-
dancy information storage unit 17100 (see below). The redundancy information 1714
may be subsequently provided, as redundancy information 1712, for a subsequent
packet (in case that packet will be considered as lost), see below. The indexes 1704
extracted by the bitstream reader 1702 may be the indexes 1626 (1623, 1625) or
1623b as inserted in the bitstream 1630 by the encoder 1600a or 1600b, or a repre-
sentation of them. The redundancy information 1714 may be the redundancy infor-
mation 1612 and/or 1612b inserted by the redundancy information storage 1610 or
1610b of the encoder 1600a or 1600b, respectively.
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The indexes 1704 extracted by the index reader 1702 may then be converted by a

quantization index converter 1718.

The audio signal representation decoder 1710 (or in particular the audio generator
1700) may comprise a packet loss controller (PLC) 1706 (which may operate as a FEC
controller). The PLC 1706 may check whether the at least one current packet is well
received or is to be considered as lost. For example, the PLC may perform a syntactical
check on a redundancy code inserted in the bitstream 1630 in association with the
current packet (or any other check, e.g. on syntactical redundancy check information).
The PLC 1706 may therefore distinguish between the current packet being to be con-
sidered correct and the current packet being to be considered as lost. Therefore, the
output 1708 of the PLC 1706 may be called correctness information. In case the cor-
rectness information 1708 indicates that the current packet is to be considered correct,
then the codes (tensors) will be decoded from the indexes of the correct packet. Oth-
erwise, in case the correctness information 1708 indicates that the current packet is to
be considered as lost, then the indexes of the current packet of the bitstream are not
decode, or at least not used at all. This is represented in Fig. 7 through a switch 1716
which connects the quantization index converter 1718 (which shall output the con-
verted codes of the audio signal representation 1720) either taking the at least one
index 1704 of the current packet as lead by the bitstream reader 1702, or from the
redundancy information 1712 provided by the redundancy information storage unit (in-
dex predictor) 17100. Therefore, when the correctness information 1708 indicates that
the current packet is to be considered valid (i.e. correct), then the switch 1716 connects
the output of the bitstream reader 1702 to the input of the quantization index converter
1718. When the correctness information 1708 indicates that the current packet is to be
considered lost, then the switch 1716 switches to connect the output 1712 of the re-
dundancy information storage unit (index provider) 17100 with the input of the quanti-
zation index converter 1718. The output 1712 of the redundancy information storage
unit 17100 is redundancy information (e.g. 1612, 1612b) on the current packet, as pre-
viously obtained from another packet.

The quantization index converter 1718 may convert the at least one index 1704 (or,
alternatively, the redundancy information 1712) into one code or a part of a code 1720.

The converted code may be a tensor (such as a vector, but in case it is a vector it shall
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at least be bi-dimensional). The converter codes 1720 may be, in some examples,
meant at being a copy, if possible, of the audio signal representation 1606 in Figs. 6a
and 6b. The audio signal representation 1720 (sequence of codes, such as tensors)
may be the output of the audio signal representation decoder 1710. The audio signal
representation 1720 may be input into a processing/rendering block 1722 which may
generate audio signals 1724.

In case a first packet in the sequence has been considered correct by the PLC 17086,
the redundancy information 1714 may comprise one index (e.g., 1626, 1623, 1625,
1623b) of a second, different packet in the bitstream 1630. In case the current packet
is considered lost, then the redundancy information 1714 is not provided to the redun-

dancy information storage unit 17100.

We may have the following sequence which is the following:

1. A first packet in the bitstream 1630 is received and, according to the PLC 1706,
is considered correct. The correctness information 1708 indicates that the cur-
rent packet is correct.

2. Then, the switch 1716 connects the output of the bitstream reader 1702 (which
is the at least one index 1704, representing the at least one index 1623, 1625,
1626, 1623b of Figs. 8a, 6b) to the quantization index converter 1718.

3. Moreover, at least one redundancy information 1714 of a second packet of the
bitstream 1630 is stored (as 1714) in the redundancy information storage unit
17100 (the redundancy information 1714 may be the redundancy information
1612 or 1612b as provided by the redundancy information storage 1610 or
1610Db to the bitstream reader 1628).

4. For a subsequent frame, if the PLC 1706 detects that the format is incorrect,
and the packet is to be considered as lost, then the correct information 1708 will
indicate that that packet is to be considered lost.

5. Then, the switch 1716 is moved to connect the output 1712 of the redundancy
information storage unit (index predictor) 17100 with the input of the quantiza-
tion index converter 1718. The input 1714 is not provided to the redundancy
information storage unit 17100 in this case.
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By storing the redundancy information 1714 (e.g., indexes or high-ranking indexes of
main portions of tensors of the audio signal representation 1606) it will be possible to

reconstruct the audio signal representation 1606, or at least a main portion of it.

Fig. 7 also shows at least one codebook 1620 which may be a copy of the at least one
codebook 1620 or 1620a of any of Figs. 6a and 6b. The at least one codebook 1620
may also comprise the main codebook 1620a and at least one redundancy codebook
1620b of Fig. 6b. The information obtained from the codebooks may therefore be pro-
vided in the same way (Notably, however, the codebooks in the encoders of Figs. 6a
and 6b provide indexes based on codes, while the codebooks of Figs. 7-8b provide
codes based on indexes). Even in this case, it is possible to have at least one high-
ranking codebook 1622 and/or at least one low ranking codebook 1624. In general
terms, the technique implied for the redundancy information storage unit is the same
of that explained for Figs. 6a and 6b, and is therefore not repeated here. It is to be
noted that the codebooks of the audio signal representation decoder 1700 are in gen-
eral the same as the codebooks of the encoder, so as to permit a correct decoding of
the audio signal representation 1720. Since the techniques are the same, the same

features are not repeated.

The processing and/or rendering block 1722 may be used, for example, for processing

and/or rendering the audio signal 1724 represented by the converted codes 1720.

It is also noted that the redundancy information 1712, used in case a packet is to be
considered lost, may be the information obtained from a packet with an offset, with
respect to the current packet, defined, for example, by the control 1645’ of Fig. 3b. The
offset to be used may be signaled, for example, in the bitstream 1630.

The audio signal representation decoder 1710 may read a signalling indicating a
packet offset between the current packet and the at least one preceding or following
packet having the redundant information at least in function of the payload of the com-
munication channel, so as to reconstruct the packet to which the redundancy infor-
mation refers and store the redundancy information associated with the packet to
which the redundancy information refers.
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In Fig. 7 it is imagined that the redundancy information storage unit 17100 is an index
provider which stores indexes. However, it could be possible to have a variant in which
the redundancy codes are already obtained by the quantization index converter 1718,
and are therefore stored, already converted, in the redundancy information storage
unit 17100. In this case, when the redundancy information 1714 is needed (because
the current packet is considered as lost), the quantization index converter 1718 may
be bypassed, and the redundancy information storage unit 17100 directly provides a
portion of the audio signal representation 1720.

Fig. 8a shows an example of an audio generator 1800 which, in this case, is called
audio generator 1800a. The audio generator 1800a may comprise an audio signal rep-
resentation decoder 1810 (in which in this case is referred to as 1810a). The audio
signal representation decoder 1810a may be independent of the audio signal generator
1800a. The audio generator 1800a may generate at least one audio signal 1824a from
a bitstream 1830. The audio signal representation decoder 1810a, from the bitstream
1830, may generate an audio signal representation 1820a. A processing and/or ren-
dering block 1822a of the audio generator 1800a may be input with the audio signal
representation 1820a. Since the audio signal representation decoder 1810a may be
independent of the processing and/or rendering block 1822a, the audio signal repre-
sentation decoder 1800a is now discussed independently of the processing and/or
rendering block 1822a.

The bitstream 1830 may be, in some examples, the same bitstream 1630 which is
discussed above (e.g., it could be generated by the encoder 1600a and/or by the en-
coder 1600b and/or remain inputted to the audio signal representation decoder 1710.
However, in some examples, the bitstream 1830 may be different from the bitstream
1630: it is not strictly necessary to have the redundancy information 1612 written in the
bitstream 1830,

The audio signal representation 1810a may include a bitstream reader (or index ex-
tractor) 1802a. This bitstream reader 1802a may be of the same type, in some exam-
ples of the bitstream reader 1702 of Fig. 7. However, in this case, no redundancy in-
formation is necessarily read (in some cases it is present and in some cases it is not

but in some examples it is not necessary to have it). The bitstream reader 1802a may
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output the extracted indexes 1804a. The audio signal representation decoder 1810a
may include a packet loss controller 1806a, which can be of the same type of the PLC
1706. As explained above, the packet loss controller 1806a may operate a check (e.g.,
based on a cyclic redundancy coding, CRC, or based on analogous technigues) to
check whether the format of the received packet in the bitstream 1830 is to be consid-
ered correct or is to be considered as lost. The output of the PLC 1806a may therefore
be a correctness information 1808a (which can be of the same type of the correctness
information 1708 discussed above). The audio signal representation decoder 1810a
may include a quantization index converter 1818a. The quantization index converter
1818a may output converted codes 1820a e.g. from the indexes 1804a. The converted
codes 1820a may be of the same type of the converted codes 1720 (e.g. they may be
tensors, or in some cases in particular vectors, e.g. n x 1 vectors with n>1) as dis-
cussed above and/or may be, in some examples, a representation of the audio signal
representation 1606 of Figs. 6a and 6b above. The converted codes 1820a may be an
output of the audio generator 1800a, at least for those codes converted from indexes
extracted from bitstream packets having a correct format (as identified by the PLC
1806a). In case the PLC 1806a has established that a current packet has an incorrect
format (and is therefore to be considered as lost), then the PLC 1806a (e.g., through
the correctness information 1808a) may cause to skip the conversion of the extracted
indices 1804a from the current packet. As can be seen in Fig. 8a, this is represented
by a switch 1816a (controlled by the correctness information 1808a) which can selec-
tively prevent the quantization index converter 1818a from receiving the indexes from
the bitstream reader 1802a. In case the current packet is considered to be lost, a learn-
able code predictor 1810aa may be used (Fig. 8a shows the output of the learnable
code predictor as being provided based on the correctness information 1808a). The
output of the learnable code predictor 1810aa may be predicted codes 1811a. The
predicted code(s) 1811a may therefore be provided when the current packet is consid-
ered to be lost, instead of the converted codes 1820 to the processing and/or rendering
block 1822a, or more in general represents the output, for a particular packet, of the

audio signal representation decoder 1810a.

A variant to the audio generator 1800a and of the audio signal representation decoder
1810b is represented in Fig. 8b as audio signal representation 1800b (also collectively
called audio generator 1800) and the audio signal representation decoder 1810b (also
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collectively called 1810). Here, the same elements of Fig. 8a are represented with the
same number but with the index "b” instead of “a”. As can be seen, a PLC 1806b (which
may therefore be analogous to the PLC 1806a) may output a correctness information
1808b on the format of the current packet of the bitstream 1830. The bitstream reader
(index extractor) 1802b may be of the same type of bitstream reader (index extractor)
1802a of Fig. 8a, and may output the extracted indexes 1804b (which may be analo-
gous to the extractor indexes 1804a of Fig. 8). A quantization index converter 1818b
may therefore be inputted with the extracted indexes 1804b when the PLC 1806b has
established that the current packet is correct, or by predicted indexes 1811b when the
PLC 1806b has decided that the current packet is to be considered as lost. This is the
main difference between the audio signal representation decoder 1810b and the audio
signal representation decoder 1810a: Here, indexes 1816b’ are predicted by a learna-
ble index predictor 1810bb (and a learnable code predictor 1810aa is not present), but
what is present is a learnable index predictor 1810bb which may be inputted with the
extracted index 1804b and subsequently the extracted indexes may be used for per-
forming predictions (1811b) for subsequent and/or preceding indexes when the pack-
ets are considered as lost (e.g., through the correctness information 1808b). This is
represented through a switch 1816b which deviates the output 1804b (extracted in-
dexes) from the bitstream reader 1802 towards the quantization index 1818b and the
output 1811b of the learnable index predictor 1810bb and the input of the quantization

index converter 1818b.

The quantization index converter 1818b may be of the same type of the quantization
index converter 1818a of Fig. 18. As can be understood by comparing Fig. 8b with Fig.
8a, the quantization index converter 1818b is inputted which codes 1804b if the packet
is valid, and with the predicted indexes 1811b if the packet is considered lost.

Both the examples of Figs. 8a and 8b may make use of a codebook 1820. The code-
book 1820 may be, in some examples, one or a copy of one of the codebooks 1620,
1620b, 1620a, 1622, 1624, and so on. The codebook 1820 may provide codes 1826
(e.g. 1626, 1623, 1625, 1623b) to the learnable code predictor 1810aa, the quantiza-
tion index converter 1818a or 1818b, and/or the learnable index predictor 1810bb. Any
of the examples above may also be used for implementing the codebook 1820 of Fig.
8a or 8b.
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For example, there may be a high-ranking codebook and a low-ranking codebook
(which is here indicating, for simplicity, as 1622, and 1624, as well). In the example of
Fig. 8a, the learnable code predictor 1810aa may, therefore, predict the code 1811a
from an index (taken from the codebook 1820). In case there are high-ranking code-
books and low-ranking codebooks, the code book 1820 may, in some examples, only
have a high-ranking codebook (e.g. 1622), thereby providing only a high-ranking index
1623 to the learnable code predictor 1810. The prediction at the learnable code pre-
dictor 1810aa, therefore, may be restricted to only a high-ranking codebook (e.g. only
the highest-ranking codebook). In some examples, the learnable code predictor
1810aa may learn the prediction from the currently converted codes 1820a, so as to
perform predictions based on the previous conversions of the correct packets. This is
the sense of the arrow 1820a’ from the converter codes 1820a outputted by the quan-
tization in the quantization index converter 1818a towards the learnable code predictor
1810aa.

Analogous strategies may be performed in the audio signal representation decoder
1810b, where the learnable index predictor 1810bb may be inputted with at least one
code 1820 (which may be the same of Fig. 8a, and which may be any of 1620, 1620a,
1620b and 1624, etc.). Here, the codebook 1820 may provide an index to the quanti-
zation index converter 1818b (for correcting the indexes 1804b extracted from correct
packets) and/or to the learnable index predictor 1810bb (e.g. for predicting indexes
1811b when the packets are held incorrect). As shown in Fig. 8b, the arrow 1816b’
connects the extracted indexes 1816b (when correct) with the input of the learnable
index predictor 1810bb, so that the learnable index predictor 1810bb can learn the
correct indexes. Of course, when the indexes are predicted by the learnable index
predictor 1810bb, there is no necessity of providing the input 1816b’ to the learnable
index predictor 1810.

As explain above and below, high-ranking vs low-ranking codebooks may be used in
case of split quantization or residual quantization. For example, a base codebook
(high-ranking) may be used for decoding a main portion of a main portion code (or a
main subcode), and a low-ranking codebook may be used for decoding a residual por-

tion of a code (or a low-ranking subcode). Then, it is possible to add the main portion
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of the code with the residual portions of the code (e.g. by addition) and to put together
the different subcodes with each other, so as to obtain the converted code,

In some cases, there are not different ranking for different subcodes, but still different
codebooks.

Fig. 2 shows an example of learnable code predictor 1200 which may be, for example,
the learnable code predictor 1810aa of the audio signal representation decoder 1810a
of Fig. 8a. Fig. 2 shows a sequence of previously converted codes 1202, which may
be the previously converted codes 1820a’ part of the audio signal representation 1820a
converted by the quantization index converter 1818a. The previously converted codes
1202 (which may be the codes 1820a’ shown in Fig. 8a) are here shown in a sequence.
If the current code is the nt" of the sequence (and is therefore considered to be at time
t=n), the previously predicted codes may be:

¢ a 0" previously converted code 1820a’0 (for a packet at time instant t=0),

e a 1% previously converted code 1820a’1 (converted from the packet at the time

t=1),

e a 2" converted code 1828'2 (converted from the packet at the time t=2),

e a current (last) converted code 1820a'n (converted from the packet at the t=n-
1).

To predict the current n' code, the prediction is obtained as estimated code 1811an
for the current code (t=n). For the preceding predicted codes (1811a3, 1881a2, and
1811a1) are also obtained for previous time instances (=3, t=2, t=1). It is to be noted
that, in some examples, the sequence may be restricted to a predetermined number
of preceding time instants (e.g. the last 5, or 10, or 20 packets, for example).

The output of the learnable code predictor 1200 (1810aa) may be the sequence 1204
of predicted codes (which may be, for example, the predicted codes 1811a predicted
by the learnable code predictor 1810aa of Fig. 8a). As can be seen, the learnable code
predictor 1200 (1810aa) may comprise at least one learnable predictor layer. The at
least one learnable predictor layer may include at least one recurrent learnable layer

(e.g. recurrent neural network). The at least one learnable predictor layer may include
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at least one gated recurrent unit. More in general, the audio signal representation de-
coder 1800 may be autoregressive.

The at least one learnable predictor layer may be iteratively instantiated, along a se-
quential plurality of predictor layer instantiations, along the sequence of packets for
which the codes are sequentially predicted. An example of learnable predictor layer
instantiations (which are collectively referred to with 1210) includes:
o alearnable predictor layer instantiation 12101 for predicting the 15! code 1811a1
(t=1
e a learnable predictor layer instantiation 12102 for predicting the 2" code
1811a2 (t= 2),
e alearnable predictor layer instantiation 12103 for predicting the 3" code 1811a3
(t=3)

o A current (last) learnable predictor layer instantiation 1210n, predicting the cur-

rent n'" code 1811an (t=n).

In examples, the learnable predictor layer instantiations (12101, 12102, 12103, ...,
1210n) are meant at being sequentially and/or iteratively performed for the sequence
of codes 1811a1, 1811a2, 1811a3, ..., 1811an that have to be predicted. For this rea-
son, after the current instantiation 1210n for predicting the code 1811an, there will be
new instantiation 1210(n+1) for predicting the subsequent code 1811a(n+1).

As shown in Fig. 8a, each instantiation 1210 may have an input 1211 which is selec-
tably either:
e the atleast one (e.g. immediately) preceding predicted code (e.g., 1811a1, pro-
vided as input 1220’0 from the first instantiation 12101 to the second instantia-
tion 12102; 1811a2, provided as input 1220’1 from the 2™ instantiation 12102
to the 3" instantiation 12103; ... 1811a(n-1), provided as input 1220'(n-1) from
the (n-1)" instantiation, not shown, to the current n" instantiation 1210n)
¢ the at least one (e.g. immediately) preceding converted code (e.g., 1820a'0 for
the first instantiation 12101; 1820a’1, provided to the 2" instantiation 12102; ...
1820a’(n-1), provided to the current n'" instantiation 1210n).
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As it can be seen from Fig. 2, each learnable predictor layer instantiation 1210 may
comprise at least one (e.g. two) learnable layers (e.g. 1212, 1214) having a state. The
state is collectively referred to with 1222, and here includes a state 1 of a first layer
1212 being refer to with 12221, and a state 2 of a second layer 1214 being referred to
with 12222,

The state may be provided from a preceding instantiation (e.g. the immediately subse-
quent instantiation) to a subsequent instantiation (e.g. up to the current instantiation
1210n). For example, the state 1222 of the instantiation 12101 is provided to the in-
stantiation 12102 (in this case, the state 12221 of the first layer 1212 of the instantiation
12101 is provided to the first layer 1212 of the immediately subsequent instantiation
12102, and the state 12222 of the second layer 1214 of the instantiation 12101 is pro-
vided to the second layer 1214 of the immediately subsequent instantiation 12102).
Analogously, the state of the predictor 1222 of the instantiation 12102 (and in particular
of layers 1212 and 1214) is provided to the instantiation 12103 (in particular to layers
1212 and 1214). Analogously, the current instantiation 1210n receives the state 1222
from the preceding instantiation (which is not shown in Fig. 2). Therefore, when a code
is predicted, it is predicted through a learnable predictor layer instantiation which has
a state which takes into account the state of a preceding instantiation (e.g. the imme-
diately preceding instantiation). For example, the current n" predicted code 1811an is
obtained through layers 1212 and 1214 of the current n'" instantiation 1210n, taking
into account the state 1222 of the immediately preceding iteration 1210(n-1) (and in
particular of the layers 1212 and 1214 of the immediately preceding iteration 1210(n-

1)).

To predict the current code (e.g. 1811an), the current learnable predictable layer in-
stantiation 1210n receives in input 1211 which is selected between:

e the at least one preceding converted code 1820'a(n-1) in case the at least one
preceding packet is considered well received (thereby actuating the connection
1820a’" in Fig. 8a); or

e the at least one preceding predicted code 1220'(n-1) in case the at least one
preceding packet is considered as lost.
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However, to predict the current code 1811an, the last learnable predictor layer instan-
tiation 1210n receives the state 1222 (12221, 12222) from the at least one preceding
(e.g. immediately preceding) iteration both in case the at least one preceding packet is
considered well received and in case in case the at least one preceding packet is con-

sidered as lost.

As can be understood, therefore, each instantiation 1210 has, at its input 1211, either
a previously converted code 1202 (1820a’ such as 1820a'0, 1820a’1, 1820a'2,
1820a’(n-1)) or the previously predicted code (e.g. 1811a1 provided as 12200 to the
input 1211 of the instantiation 12102, 1811a2 provided as 1220’ to the input 1211 of
the instantiation 12103, and 1220'(n-1) provided as input 1211 of the current instanti-
ation 1210n). Therefore, for each input 1211 of each instantiation 1210, either the pre-
viously corrected code 1820a’ or the previously predicted code 1204 (1811a) is pro-
vided as input to each iteration. In the present examples, it is here mostly imagined
that each duration receives the codes and states from the immediately preceding iter-
ations, even though some generalizations are possible to preceding iterations which
are not the immediately preceding instantiations (iterations). Therefore, when the cur-
rent code (e.g. 1811an) is predicted, the immediately previously converted codes (ob-
tained from correct packets are taken into consideration and, in case some previously
received packets are not held correct, then the previously predicted codes are taken
into consideration. In any case the state 1222 may be provided from each instantiation
to the following instantiation (e.g. the immediately following instantiation), so that both
in case the previous packet is corrected or not, something is inherited independently

from the other previous packets.

Let us consider the situation that, in order to predict the current n'" code 1811an, the
immediately preceding code n-1 is previously converted by the quantization index con-
verter 1818a (because the immediately preceding packet has been received correctly).
In this case, in order to predict the current n'" code, the learnable predictor layer in-
stantiation 1210n is not inputted (at latent 1211) with the immediately previous pre-
dicted code 1120'(n-1) as outputted by the preceding iteration, but with the immediately
previous converted code 1820a’(n-1) (as outputted by the converter 1818a). However,
the instantiation 1210(n-1) for predicting the (n-1)!" code is performed notwithstanding.

One could imagine that, since the (n-1)"" code is taken from a correct packet, there
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would be no necessity of providing the state 1222 from the (n-1)™ instantiation 1210(n-
1) to the current n" instantiation 1210n: this is because one could imagine that, by
virtue of the immediately preceding (n-1)!" code 1820a’'(n-1) being converted from a
correct packet, there would be no necessity of inheriting also the state(s) 1222 from
the previous iterations (e.g. 1210(n-1)). However, it has been understood that, by pass-
ing the state 1222 to the current iteration 1210n from the preceding iteration 1210(n-1)
(even when the preceding code was taken from a correct packet), something from the
more preceding iterations (e.g. 1210(n-2), 1210(n-3), etc.) can be handed down to the
current iteration 1210n (and, more importantly, something from the preceding (n-2)®,
(n-3)!", etc. codes will be inherited by the nt" code). It has been understood that, in
order to generate at least a portion of the audio signal representation 1820a, the pre-
diction may advantageously also take into consideration not only the immediately pre-
ceding code (either converted or predicted), but also some more preceding codes
which are before the immediately preceding code. In this way, the state is obtained
also from the preceding codes which are not the immediately preceding code and,
accordingly, an increased reliability is achieved.

Let us assume, for example, that:

o the 0" and 1" previously converted codes (1820a’0 and 1820a'1) are taken from
correctly-received packets, and therefore the instantiations 12101 and 12102
provide correct states 1222 to the immediately subsequent instantiations 12102
and 12103, respectively

o the 2™ 39 .. (n-1)" codes are taken from corrupted packets, and therefore the
2nd, 39 . (n-1)"" instantiations 12103, 12104... 1210(n-1) (which cannot be
inputted with the converted codes 1810'2, 1820’3, 1820'(n-2), since they would
be taken from incorrect packets, but shall be inputted with previously predicted
codes 12201, 1220’1, 1220'(n-2), respectively) provide states 1222 to the im-
mediately subsequent instantiations 12103, 1204, ... 1210n, respectively.

At a first sight, one could imagine these states provided to the instantiations 12103,
1204, ... 1210n to be invalid, by virtue of being based on predictions, and not on cor-
rected data. However, it has been understood that, in this way, the instantiations
12103, 12104... 1210(n-1), despite being associated with corrupted packets, may not-
withstanding provide (to the subsequent instantiation) a state which has a good amount
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of correctness, since this state is, notwithstanding, inherited, for some amount, to pre-

viously correct states.

Each learnable predictor layer instantiation 1210n may include at least learnable con-
volution unit 1216. That may be, as obtainable, at the at least one recurrent unit 1212,
1214 of the current learnable layer 1210n is inputted with a state from a correspondent
at least one recurrent unit 1212, 1214 from the at least one preceding learnable pre-
dictor layer instantiation, and outputs a state to a corresponding at least one recurrent

unit 1212, 1214 of at least one subsequent learnable predictor layer instantiation.

In some example, each current learnable predictor layer instantiation has a series of
learnable layers [e.g. each learnable layer of the series, apart from the last one, outputs
a processed code to the immediately subsequent layer of the series, and the last learn-
able layer of the series output a code to the immediately subsequent learnable predic-
tor layer instantiation][e.g. for each learnable predictor layer instantiation, apart from
the last learnable predictor layer instantiation, each learnable layer of the series out-
puts its state to the corresponding learnable layer of the immediately learnable predic-

tor layer instantiation).

In some example, each learnable predictor layer instantiation, the series of learnable
layers includes at least one dimension-reducing learnable layer (1214) [e.g. GRUZ]
and at least one dimension-increasing learnable layer 1216 [e.g. FC] subsequent to
the at least one dimension-reducing learnable layer [e.g. so that the output of the
learnable predictor layer instantiation has the same dimension of the input of the learn-

able predictor layer instantiation].

In some examples (e.g. Fig. 2), the at least one dimension-reducing learnable layer
1214 [e.g. GRU2] includes at least one learnable layer with a state, [e.g. in such a way
that each learnable predictor layer instantiation, apart from the last learnable predictor
layer instantiation, provides the state of the at least one dimension-reducing learnable
layer to the at least one dimension-reducing learnable layer of the immediately sub-

sequent learnable predictor layer instantiation].
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in some example (e.g. Fig. 2), the at least one dimension-increasing learnable layer

(1216) [e.g. FC] includes at least one learnable layer without a state, [e.g. in such a

way that no predictor layer instantiation provides the state of the at least one dimen-

sion-increasing learnable layer to the at least one dimension-increasg learnable layer

of the immediately subsequent learnable predictor layer instantiation].

In some examples (e.g. Fig. 2) the series of learnable layers is gated.

In some examples (e.g. Fig. 2) the wherein the series of learnable layers is gated

through a softmax activation function.

Here below, there is illustrated a possible sequence of a series of a learnable predictor

layer instantiation (e.g. 1210n):

At the input (input latent) 1211, there may be either a previously converted code
1202, 1820a’ (e.g. 1820a'(n-1)), or a previously predicted code 1204, 1811a,
(e.g. 1220’ (n-1)).

A first recurrent unit (e.g. an iterated recurrent unit 1212) which may convert the
input latent 1211 from a first invention (e.g. 1, 1, 256) to a second dimension (to
the same dimension), obtaining an output 1215. The output 1215 being reduced
from the dimension 1, 1, 256 to a second dimension 1, 1, 128.

In some examples, there is defined a gated unit (e.g. inputted with the state 1, 12222,

from the immediately preceding iteration) having

Convolutional layer 1216 (e.g. a layer with state) which can have an input value
1215 and output value 1217 with an increased dimension (1, 1, 256)

An Activation function 1218 (e.g. softmax), so as to arrive at an estimated latent
1220 to be used as a predicted code for the current packet (e.g. 1811an) and
to be provided to the immediately subsequent learnable predictor layer instan-
tiation for the immediately subsequent code to be predicted.

Of course, also the states may be provided from the recurrent layers 1212 and 1214

to the correspondent reoccurring layers of the immediately subsequent learnable pre-

dictable layer instantiation.
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Fig. 1a shows an example of a decoder 1100, which may be one of the encoders 1600,
(such as 1600a and 1600b as discussed above) which may include, for example, a
learnable audio signal representation generator (here indicated as “NESC encoder”)
1104 (which may be instantiated, for example, by the learnable audio signal represen-
tation generator 1604). A residual quantization step (an example of which, can be, for
example, the quantizer 1608 discussed above or for Figs. 6a and 6b) which may make
use of a at least one codebook (e.g. a base codebook 1122, which may be the base
codebook 1622 as above, a first ranking codebook 1124, which may be the low-ranking
codebook 1624 of above, an even lower codebook 1224a and a lowest codebook
1124Db). The bitstream is indicated as bitstream 1630 but could also be 1830 in some

examples.

The decoder is indicated with 1300 and could be one of the decoders 1600 and 1700
discussed above. The result may be an audio signal rendered 1724.

Fig. 1b shows a more conceptual example of Fig. 2. Here, it can be seen the codebook
1820, the converted codes 1810’ (which may be provided, through 18202, to the learn-
able code predictor 1820aa), the learnable layers 1212, 1214, which are gated recur-
rent units, the convolutional layer 1216.

The examples of the audio signal representation decoders 1710, 1810a, 1810b of Figs.
7-8b are not necessarily disjointed with each other. For example, an audio signal rep-
resentation decoder may embody, at the same time, both the audio signal representa-
tion decoders 1710 and 1810a. This because the audio signal representation decoder
may include both a redundancy storage unit 17100 (e.g., for storing redundant infor-
mation 1714 from the bitstream 1630) and a learnable code predictor 1818aa like in
Fig. 8a (e.g., for predicting codes 1811a like in Figs. 8a and 2 from the bitstream 1630
when no redundancy information has been stored yet).

It is noted that the examples of Figs. 7-8b may be mixed together. For example, an
audio representation decoder may have both the learnable code predictor 1810aa of
Fig. 8a and the redundancy information storage unit 17100 of Fig. 7. In this case, the
learnable code predictor 1810aa may be activated only in case no redundancy infor-
mation is retrieved at the redundancy information storage unit 17100.
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For example, in case the at least one current packet is to be considered as lost, it is
possible to search the redundancy information storage unit 17100, and, in case the
redundancy information referring to the at least one current packet is retrieved, the at
least one index is retrieved from the redundancy information referring to the current
packet and the quantization index converter converts the at least one retrieved index
from the at least one codebook onto a substitutive code. The processing block may
therefore generate the at least one portion of the audio signal by converting the at least
one substitutive code onto the at least portion of the audio signal. Otherwise, in case
the redundancy information is not retrieved, then the prediction is actuated by the learn-
able code predictor 1810aa, and the predicted code is used to as code of the audio

signal representation 1820a.

The same may be provided, for example, by implementing an audio representation
decoder having both the learnable index predictor 1810bb of Fig. 8b and the redun-
dancy information storage unit 17100 of Fig. 7. In this case, the index prediction will
only be performed in case no redundancy information is retrieved in the redundancy
information storage unit 17100.In examples above, it is often referred to the fact that
redundancy information is written in the bitstream. In some examples (e.g. sin some
examples implementing split quantization or residual quantization), the encoder 1600a
or 1600b may write in the bitstream, as redundancy information, only the highest rank-
ing index, while the lower ranking index(es) may be skipped. In this way, the audio
signal representation decoder (e.g., 1710, 1810a, 1810b) may store the redundancy
information and use it. The payload will be reduced, and an acceptable degree of reli-
ability will notwithstanding be achieved.

In addition or alternative, the higher ranking indexes may be used, for example, in the
example of Fig. 2 (e.g. as previously converted coders 1202, such as
1820a’0...1820a'n), therefore reducing the computational effort for the learnable pre-
dictor 1200 (1810a), because the lower ranking indexes are not predicted.

It is noted that the learnable predictor (1200, 1810a, 1810b) may be trained by sequen-
tially predicting predicted current codes, or respectively current indexes, from preced-
ing and/or following packets, and by comparing the predicted current codes, or the
current codes obtained from predicted indexes, with converted codes converted from

packets having been well received, so as to learn learnable parameters of the at least
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one learnable predictor layer which minimize errors of the predicted current codes with

respect the converted codes converted from the packets having correct format.

Fig. © shows an example of audio generator 10 (which may be one of 1700, 1800a,

1800b). Here, we may recognize:

¢ The audio generator 10, which may be an example of the audio generator 1700
and/or 1800a

e The audio signal representation decoder 1710 or 1810a

e The codebook 1820 (which may be one of the codebooks 1620, 1622, 1624,
1620b, 1620a, 1122, 1124, 1124a, 1124b, etc.)

e The learnable code predictor 1810aa of Fig. 8a (which may, however, also be
implemented in an example of Fig. 8b or 7)

¢ The redundancy information storage unit 17100 of Fig. 7 (which may, however,
also be implemented in an example of Fig. 8a or 8b)

¢ The bitstream 1630, 1830 (for all the examples, also indicated with 3)

¢ The quantization index converter 1718, 1818a, 1818b (for all the examples, also
referred to as 313)

¢ The decoded audio signal representation (codes, tensors, vectors) 1820a,
1820b, 1720 (for all the examples, also referred to with 112)

e The processing and/or rendering block 1722, 1822a, 1822b

e The output audio signal 1724, 1824a, 1824b (for all the examples, also referred
to with 16).

It is important to note that the examples of Figs. 9-13 are not necessarily be imple-
mented, and there are other techniques which may be implemented.

The bitstream 3 (e.g. 1630 or 1830) (obtained in input) may comprise frames (e.g.
encoded as indexes, e.g. encoded by the encoder 1600a or 1600b). An output audio
signal 16 (e.g. one of 1724, 1824a, 1824b) may be obtained. The audio generator 10
(1700, 1800a, 1800b) may include a first data provisioner 702. The first data provi-
sioner 702 may be inputted with an input signal (input data) 14 (e.g. from an internal
source, e.g. a noise generator or a storage unit, or from an external source e.g. an
external noise generator or an external storage unit or even data obtained from the

bitstream 3). The input signal 14 may be noise, e.g. white noise, or a deterministic
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value (e.g. a constant). The input signal 14 may have a plurality of channels (e.g. 128
channels, but other numbers of channels are possible, e.g. a number larger than 64).
The first data provisioner 702 may output first data 15. The first data 15 may be noise,
or taken from noise. The first data 15 may be inputted in at least one first processing
block 50 (40). The first data 15 may be (e.g., when taken from noise, which therefore
corresponds to the input signal 14) unrelated to the output audio signal 16 (e.g. 1724,
1824a, 1824b). The at least one first processing block 50 (40) may condition the first
data 15 to obtain first output data 69, e.g. using a conditioning obtained by processing
the bitstream 3 (e.g. 1630 or 1830). The first output data 69 may be provided to a
second processing block 45. From the second processing block 45, an audio signal 16
(e.g. 1724, 1824a, 1824b) may be obtained (e.g. through PQMF synthesis). The first
output data 69 may be in a plurality of channels. The first output data 69 may be pro-
vided to the second processing block 45 which may combine the plurality of channels
of the first output data 69 providing an output audio signal 16 (e.g. 1724, 1824a, 1824b)
in one signal channel (e.g. after the PQMF synthesis, e.g. indicated with 110 in Figs. 4
and 10, but not shown in Fig. 9).

As shown by Fig. 9, in a frame-by-frame branch 10a’, indexes may be provided to the
quantization index converter 313 (which may be one of 1718, 1818a, 1818b) to obtain
codes (e.g. vectors or more in general tensors) 112 (e.g. any of 1704, 1804a, 1804b).
The codes 112 (1704, 1804a, 1804b) may be multi-dimensional (e.g. bidimensional,
tridimensional, etc.) and may be here understood as being in the same format (or in a
format which is analogous or similar to) the format of the audio signal representation
outputted by the audio signal representation generator 1604 in Fig. 6a or 6b. The quan-
tization index converter 313 (1718, 1818a, 1818b) may therefore be understood as
performing the reverse operation of the quantizer 1608 of Figs. 6a and 6b. As explained
above, the quantization index converter 313 (1718, 1818a, 1818b) may be connected
to learnable codebooks (e.g. 1820, 1620, 1620a, 1620b, 1624, etc.), as discussed for
example, for Figs. 7-8b. The quantization index converter 313 (1718, 1818a, 1818b)
may be trained together with the quantizer and, more in general, together with the other
elements of the encoder 1600a, 1600b, and/or the audio generator 10 (1700, 1800a,
1800b). The quantization index converter 313 (1718, 1818a, 1818b) may operate in a
frame-by-frame fashion, e.g. by considering a new index for each new frame to gener-

ate. Hence each code (e.g. vector or more in general tensor...) 112 (1704, 1804a,
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1804b) has the same structure of each of latent representation which was quantized,

without necessary sharing the exact same value but rather an approximation of them.

A sample-by-sample branch 10b’ may be updated for each sample e.g. at the output
sampling rate and/or for each sample at a lower sampling-rate than the final output
sampling-rate, e.g. using noise 14 or another input taken from an external or internal

source.

It is also to be noted that the bitstream 3 (e.g. 1630 or 1830) is here considered to
encode mono signals and also the output audio signal 16 (e.g. 1724, 1824a, 1824b)
and the original audio signal 1602 are considered to be mono signals. In the case of
stereo signals or multi-channel signals like loudspeaker signal or Ambisonics signal for
example, then all the techniques here are repeated for each audio channel (in stereo

case, there are two input audio channels 1, two output audio channels 16, etc.).

“channels” is here understood in the context of convolutional neural networks, accord-
ing to which a signal is seen as an activation map which has at least two dimensions:
a plurality of samples (e.g., in an abscissa dimension, or e.g. time axis); and a plurality

of channels (e.g., in the ordinate direction, or e.g. frequency axis).

The first processing block 40 may operate like a conditional network (e.g. conditional
neutral network), for which data from the bitstream 3 (e.g. 1630 or 1830) (e.g. codes
vectors or more in general tensors 112) are provided for generating conditions which
modify the input data 14 (input signal). The input data (input signal) 14 (in any of its
evolutions) will be subjected to several processings, to arrive at the output audio signal
16 (e.g. 1724, 1824a, 1824b), which is intended to be a version of the original input
audio signal 1. Both the conditions, the input data (input signal) 14 and their subse-
quent processed versions may be represented as activation maps which are subjected
to learnable layers, e.g. by convolutions. Notably, during its evolutions towards the
speech (e.g. 1724, 1824a, 1824b), or more in general the generated audio signal 186,
the signal may be subjected to an upsampling (e.g. from one sample 49 to multiple
samples, e.g. thousands of samples, in Fig. 10), but its number of channels 47 may be
reduced (e.g. from 64 or 128 channels to single channel).

First data 15 may be obtained (e.g. the sample-by-sample branch 10b’), for example,

from an input (such as noise or a signal from an external signal), or from other internal
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or external source(s). The first data 15 may be considered the input of the first pro-
cessing block 40 and may be an evolution of the input signal 14 (or may be the input
signal 14). The first data 15 may be considered, in the context of conditional neural
networks (or more in general conditional learnable blocks or layers), as a latent signal
or a prior signal. Basically, the first data 15 is modified according to the conditions set
by the first processing block 40 to obtain the first output data 69. The first data 15 may
be in multiple channels, e.g. in one single sample. Also, the first data 15 as provided
to the first processing block 40 may have the one sample resolution, but in multiple
channels. The multiple channels may form a set of parameters, which may be associ-
ated to the coded parameters encoded in the bitstream 3 (e.g. 1630 or 1830). In gen-
eral terms, however, during the processing in the first processing block 40 the number
of samples per frame increases from a first number to a second, higher number (i.e.
the bitrate increases from a first bitrate to a second, higher bitrate). On the other side,
the number of channels may be reduced from a first number of channels to a second,
lower number of channels. The conditions used in the first processing block (which are
discussed in great detail below) can be indicated with 74 and 75 and are generated by
target data 12, which in turn are generated from target data 12 obtained from the bit-
stream 3 (e.g. 1630 or 1830). It will be shown that also the conditions (conditioning
feature parameters) 74 and 75, and/or the target data 12 may be subjected to upsam-
pling, to conform (e.g. adapt) to the dimensions of the versions of the target data 12.
The unit that provides the first data 15 (either from an internal source, an external
source, the bitstream 3 (e.g. 1630 or 1830), etc.) is here called first data provisioner
702.

As can be seen from Fig. 9, the first processing block 40 may include a preconditioning
learnable layer 710, which may be or comprise a recurrent learnable layer, e.g. a re-
current learnable neural network, e.g. a GRU. The preconditioning learnable layer 710
may generate target data 12 for each frame. The target data 12 may be at least 2-
dimensional (e.g. multi-dimensional): there may be multiple samples for each frame in
the second dimension and multiple channels for each frame in the first dimension. The
target data 12 may be, in some examples, in the form of a spectrogram, which may be
a mel-spectrogram, e.g. in case the frequency scale is non-uniform and/or is motivated
by perceptual principles. In case the sampling rate corresponding to conditioning learn-
able layer to be fed is different from the frame rate, the target data 12 may be the same
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for all the samples of the same frame e.g. at a layer sampling rate. Another up-sam-
pling strategy can also be applied. The target data 12 may be provided to at least one
conditioning learnable layer, which is here indicated as having the layer 71, 72, 73
(also see Fig. 12 and also below). The conditioning learnable layer(s) 71, 72, 73 may
generate conditions (some of which may be indicated as 8, beta, and y, gamma, or
the numbers 74 and 75), which are also called conditioning feature parameters to be
applied to the first data 12, and any upsampled data derived from the first data. The
conditioning learnable layer(s) 71, 72, 73 may be in the form of matrixes with multiple
channels and multiple samples for each frame. The first processing block 40 may in-
clude a denormalization (or styling element) block 77. For example, the styling element
77 may apply the conditioning feature parameters 74 and 75 to the first data 15. An
example may be element wise multiplication of the values of the first data by the con-
dition B (which may operate as bias) and an addition with the condition y (which may
operate as multiplier). The styling element 77 may produce a first output data 69 sam-
ple by sample.

The decoder (audio generator) 10 (1700, 1800a, 1800b) may include a second pro-
cessing block 45. The second processing block 45 may combine the plurality of chan-
nels of the first output data 69, to obtain the output audio signal 16 (e.g. 1724, 18243,
1824b) (or its precursor the audio signal 44’).

Reference is now mainly made to Fig. 11. A bitstream 3 (e.g. 1630 or 1830) may be
subdivided onto a plurality of frames, which are however encoded in the form of in-
dexes (e.g. as obtained from the quantizer). From the indexes of the bitstream 3 (e.g.
1630 or 1830), codes (e.g. scalars, vectors or more in general tensors) 112 are ob-
tained through the quantization index converter 313 (1810a, 1810b, 1718). First and
second dimensions are shown in codes 112 of Fig. 11 (other dimensions may be pre-
sent). Each frame is subdivided into a plurality of samples in the abscissa direction
(first, inter frame dimension). A different terminology may be “frame index” for the ab-
scissa direction (first direction) and “feature map depth”, “latent dimension or coded
parameter dimension). In the ordinate direction (second, intra frame dimension), a plu-
rality of channels are provided). The codes 112 (1820a, 1820b, 1720) may be used by
the preconditioning learnable layer(s) 710 (e.g. recurrent learnable layer(s)) to gener-
ate target data 12, which may also be in at least two dimensions (e.g. multi-dimen-
sional), such as in the form of a spectrogram (e.g., a mel-spectrogram). Each target

data 12 may represent one single frame and the sequence of frames may evolve, in
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the abscissa direction (from left to right) with time, along the first, inter frame dimension.
Several channels may be in the ordinate direction (second, intra frame dimension) for
each frame. For example, different coefficients will take place in different entries of
each column in association with coefficients associated with the frequency bands. Con-
ditioning learnable layer(s) 71, 72, 73, generate feature parameter(s) 74, 75 (B and y).
The abscissa (second, intra frame dimension) of B and y is associated to different
samples of the same frame, while the ordinate (first, inter frame dimension) is associ-
ated to different channels. In parallel, the first data provisioner 702 may provide the
first data 15. A first data 15 may be generated for each sample and may have many
channels. At the styling element 77 (and more in general, at the first conditioning block
40) the conditioning feature parameters § and y (74, 75) may be applied to the first
data 15. For example, an element-by-element multiplication may be performed be-
tween a column of the styling conditions 74, 75 (conditioning feature parameters) and
the first data 15 or an evolution thereof. It will be shown that this process may be reit-

erated many times.

As clear from above, the first output data 69 generated by the first processing block 40
may be obtained as a 2-dimensional matrix (or even a tensor with more than two di-
mensions) with samples in abscissa (first, inter frame dimension) and channels in or-
dinate (second, intra frame dimension). Through the second processing block 45, the
audio signal 16 may be generated having one single channel and multiple samples
(e.g., in a shape similar to the input audio signal), in particular in the time domain. More
in general, at the second processing block 45, the number of samples per frame (bi-
trate) of the first output data 69 may evolve from a second number of samples per
frame (second bitrate) to a third number of samples per frame (third bitrate), higher
than the second number of samples per frame (second bitrate). On the other side, the
number of channels of the first output data 69 may evolve from a second number of
channels to a third number of channels, which is less than the second number of chan-
nels. Said in other terms, the bitrate (third bitrate) of the output audio signal 16 (e.g.
1724, 1824a, 1824b) may be higher than the bitrate of the first data 15 (first bitrate)
and of the bitrate (second bitrate) of the first output data 69, while the number of chan-
nels of the output audio signal 16 (e.g. 1724, 1824a, 1824b) may be lower than the
number of channels of the first data 15 (first number of channels) and of the number

of channels (second number of channels) of the first output data 69.
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The models processing the of coded parameters frame-by-frame by juxtaposing the
current frame to the previous frames already in the state are also called streaming or
stream-wise models and may be used as convolution maps for convolutions for real-

time and stream-wise applications like speech coding.

Examples of convolutions are discussed here below and it can be understood that they
may be used at any of the preconditional learnable layer(s) 710 (e.g. recurrent learna-
ble layer(s)), at least one conditional learnable layers 71, 72, 73, and more in general,
in the first processing block 40 (50). In general terms, the arriving set of conditional
parameters (e.g., for one frame) may be stored in a queue (not shown) to be subse-
quently processed by the first or second processing block while the first or second

processing block, respectively, processes a previous frame.

A discussion on the operations mainly performed in blocks downstream to the precon-
ditioning learnable layer(s) 710 (e.g. recurrent learnable layer(s)) is now provided. We
take into account the target data 12 already obtained from the preconditioning learna-
ble layer(s) 710, and which are applied to the conditioning learnable layer(s) 71-73 (the
conditioning learnable layer(s) 71-73 being, in turn, applied to the stylistic element 77).
Blocks 71-73 and 77 may be embodied by a generator network layer 770. The gener-
ator network layer 770 may include a plurality of learnable layers (e.g. a plurality of
blocks 50a-50h, see below).

Fig. 9 (and its embodiment in Fig. 10) shows an example of an audio decoder (gener-
ator) 10 which can decode (e.g. generate, synthesize) an audio signal (output signal)
16 from the bitstream 3 (e.g. 1630 or 1830), e.g. according to the present techniques
(also called StyleMelGAN). The output audio signal 16 (e.g. 1724, 1824a, 1824b) may
be generated based on the input signal 14 (also called latent signal and which may be
noise, e.g. white noise (“first option”), or which can be obtained from another source.
The target data 12 may, as explained above, comprise (e.g. be) a spectrogram (e.g.,
a mel-spectrogram), the spectrogram (e.g. mel-spectrogram) providing mapping, for
example, of a sequence of time samples onto mel scale (e.g. obtained from the pre-
conditioning learnable layer(s) 710). The target data 12 and/or the first data 15 is/are
in general to be processed, in order to obtain a speech sound recognizable as natural
by a human listener. In the decoder 1700, 1800a, 1800b, the first data 15 obtained
from the input is styled (e.g. at block 77) to have a vector (or more in general a tensor)
with the acoustic features conditioned by the target data 12. At the end, the output



10

15

20

25

30

WO 2024/132187 51 PCT/EP2022/087807

audio signal 16 (e.g. 1724, 1824a, 1824b) will be recognized as speech by a human
listener, in the case it is speech. The input vector 14 and/or the first data 15 (e.g. noise
e.g. obtained from an internal or external source) may be, like in Fig. 10, a 128x1 vector
(one single sample, e.g. time domain samples or frequency domain samples, and 128
channels) (Fig. 10 shows the input signal 14, to be provided to the channel mapping
30, the first data provisioner 702 not being shown or being considered to be the same
as the channel mapping 30). A different length of the input vector 14 could be used in
other examples. The input vector 14 may be processed (e.g. under the conditioning of
the target data 12 obtained from the bitstream 3 (e.g. 1630 or 1830) through the pre-
conditioning layer(s) 710) in the first processing block 40. The first processing block 40
may include at least one, e.g. a plurality of, processing blocks 50 (e.g. 50a...50h). In
Fig. 10 there are shown eight blocks 50a...50h (each of them is also identified as “TA-
DEResBlock”), even though a different number may be chosen in other examples. In
many examples, the processing blocks 50a, 50b, etc. provide a gradual upsampling of
the signal which evolves from the input signal 14 to the final audio signal 16 (e.g. 1724,
1824a, 1824b) (e.g., at least some processing blocks, e.g. 50a, 50b, 50c, 50d, 50e
increases the sampling rate, in such a way that each of them increases the sampling
rate (bitrate) in output with respect to the sampling rate in its input), while some other
processing blocks (e.g. 50f-50h) (e.g. downstream with respect to those (e.g. 50a,
50b, 50c, 50d, 50e) which increase the sampling rate) do not increase the sampling
rate (bitrate). The blocks 50a-50h may be understood as forming one single block 40
(e.g. the one shown in Fig. 9). In the first processing block 40, a conditioning set of
learnable layers (e.g., 71, 72, 73, but different numbers are possible) may be used to
process the target data 12 and the input signal 14 (e.g., first data 15). Accordingly,
conditioning feature parameters 74, 75 (also referred to as gamma, y, and beta, ) may
be obtained, e.g. by convolution, during training. The learnable layer(s) 71-73 may
therefore be part of a weight layer of a learning network. As explained above, the first
processing block(s) 40, 50 may include at least one styling element 77 (normalization
block 77). The at least one styling element 77 may output the first output data 69 (when
there are a plurality of processing blocks 50, a plurality of styling elements 77 may
generate a plurality of components, which may be added to each other to obtain the
final version of the first output data 69). The at least one styling element 77 may apply
the conditioning feature parameters 74, 75 to the input signal 14 (latent) or the first
data 15 obtained from the input signal 14.
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The first output data 69 may have a plurality of channels. The generated audio signal
16 (e.g. 1724, 1824a, 1824b) may have one single channel.

The audio generator (e.g. decoder) 10 may include a second processing block 45 (in
Fig. 10 shown as including the blocks 42, 44, 46, 110). The second processing block
45 may be configured to combine the plurality of channels (indicated with 47 in Fig. 10)
of the first output data 69 (inputted as second input data or second data), to obtain the
output audio signal 16 (e.g. 1724, 1824a, 1824b) in one single channel, but in a se-
quence of samples (in Fig. 10, the samples are indicated with 49).

The “channels” are not to be understood in the context of stereo sound, but in the
context of neural networks (e.g. convolutional neural networks) or more in general of
the learnable units. For example, the input signal (e.g. latent noise) 14 may be in 128
channels (in the representation in the time domain), since a sequence of channels are
provided. For example, when the signal has 40 samples and 64 channels, it may be
understood as a matrix of 40 columns and 64 rows, while when the signal has 20 sam-
ples and 64 channels, it may be understood as a matrix of 20 columns and 64 rows
(other schematizations are possible). Therefore, the generated audio signal 16 (e.g.
1724, 1824a, 1824b) may be understood as a mono signal. In case stereo signals are
to be generated, then the disclosed technique is simply to be repeated for each stereo
channel, so as to obtain multiple audio signals 16 which are subsequently mixed.

At least the original input audio signal and/or the generated speech 16 may be a se-
quence of time domain values. To the contrary, the output of each (or at least one of)
the blocks 30 and 50a-50h, 42, 44 may have in general a different dimensionality (e.g.
bi-dimensional or other multi-dimensional tensors). In at least some of the blocks 30
and 50a-50e, 42, 44, the signal (14, 15, 59, 69), evolving from the input 14 (e.g. noise)
towards becoming speech 16, may be upsampled. For example, at the first block 50a
among the blocks 50a-50h, a 2-times upsampling may be performed. An example of
upsampling may include, for example, the following sequence: 1) repetition of same

value, 2) insert zeros, 3) another repeat or insert zero + linear filtering, etc.

The generated audio signal 16 (e.g. 1724, 1824a, 1824b) may generally be a single-
channel signal. In case multiple audio channels are necessary (e.g., for a stereo sound

playback) then the procedure may be in principle iterated multiple times.

Analogously, also the target data 12 may have multiple channels (e.g. in spectrogram,
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such as mel-spectrogram), as generated by the preconditioning learnable layer(s) 710.
in some examples, the target data 12 may be upsampled (e.g. by a factor of two, a
power of 2, a multiple of 2, or a value greater than 2, e.g. by a different factor, such as
2.5 or a multiple thereof) to adapt to the dimensions of the signal (59a, 15, 69) evolving
along the subsequent layers (50a-50h, 42), e.g. to obtain the conditioning feature pa-
rameters 74, 75 in dimensions adapted to the dimensions of the signal.

If the first processing block 40 is instantiated in multiple blocks (e.g. 50a-50h), the
number of channels may, for example, remain at least some of the multiple blocks
(e.g., from 50e to 50h and in block 42 the number of channels does not change). The
first data 15 may have a first dimension or at least one dimension lower than that of
the audio signal 16 (e.g. 1724, 1824a, 1824b). The first data 15 may have a total num-
ber of samples across all dimensions lower than the audio signal 16 (e.g. 1724, 18244,
1824b). The first data 15 may have one dimension lower than the audio signal 16 (e.g.
1724, 1824a, 1824b) but a number of channels greater than the audio signal 16 (e.g.
1724, 1824a, 1824b).

Examples may be performed according to the paradigms of generative adversarial net-
works (GANs). A GAN includes a GAN generator 11 (Fig. 10) and a GAN discriminator
100 (Fig. 10). The GAN generator 11 tries to generate an audio signal 16 (e.g. 1724,
1824a, 1824b), which is as close as possible to a real audio signal. The GAN discrim-
inator 100 shall recognize whether the generated audio signal 16 (e.g. 1724, 18243,
1824b) is real or fake. Both the GAN generator 11 and the GAN discriminator 100 may
be obtained as neural networks (or other by other learnable techniques). The GAN
generator 11 shall minimize the losses (e.g., through the method of the gradients or
other methods), and update the conditioning features parameters 74, 75 (and/or the
codebook) by taking into account the results at the GAN discriminator 100. The GAN
discriminator 100 shall reduce its own discriminatory loss (e.g., through the method of
gradients or other methods) and update its own internal parameters. Accordingly, the
GAN generator 11 is trained to generate better and better audio signals 16, while the
GAN discriminator 100 is trained to recognize real signals 16 from the fake audio sig-
nals generated by the GAN generator 11. The GAN generator 11 may include the func-
tionalities of the decoder 1700, 1800a, 1800b, without at least the functionalities of the
GAN discriminator 100. Therefore, in most of the foregoing, the GAN generator 11 and
the audio decoder 1700, 1800a, 1800b may have more or less the same features,
apart from those of the discriminator 100. The audio decoder 1700, 1800a, 1800b may
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include the discriminator 100 as an internal component. Therefore, the GAN generator
11 and the GAN discriminator 100 may concur in constituting the audio decoder 1700,
1800a, 1800b. In examples where the GAN discriminator 100 is not present, the audio
decoder 1700, 1800a, 1800b can be constituted uniquely by the GAN generator 11.

As explained by the wording “conditioning set of learnable layers”, the audio decoder
1700, 1800a, 1800b may be obtained according to the paradigms of conditional neural
networks (e.g. conditional GANs), e.g. based on conditional information. For example,
conditional information may be constituted by target data (or upsampled version
thereof) 12 from which the conditioning set of layer(s) 71-73 (weight layer) are trained
and the conditioning feature parameters 74, 75 are obtained. Therefore, the styling
element 77 is conditioned by the learnable layer(s) 71-73. The same may apply to the
preconditional layers 710.

The examples at the encoder 1600a, 1600b (or at the audio signal representation gen-
erator 1610a, 1610b) and/or at the encoded audio signal representation decoder 1710,
1810a, 1810b (or more in general audio generator) 10 may be based on convolutional
neural networks. For example, a little matrix (e.g., filter or kernel), which could be a
3x3 matrix (or a 4x4 matrix, or 1x1, or less than 10x10 etc.), is convolved (convoluted)
along a bigger matrix (e.g., the channel x samples latent or input signal and/or the
spectrogram and/or the spectrogram or upsampled spectrogram or more in general
the target data 12), e.g. implying a combination (e.g., multiplication and sum of the
products; dot product, etc.) between the elements of the filter (kernel) and the elements
of the bigger matrix (activation map, or activation signal). During training, the elements
of the filter (kernel) are obtained (learnt) which are those that minimize the losses.
During inference, the elements of the filter (kernel) are used which have been obtained
during training. Examples of convolutions may be used at at least one of blocks 71-
73, 61b, 62b (see below), 230, 250, 290, 429, 440, 460. Notably, instead of matrixes,
also three-dimensional tensors (or tensors with more than three dimensions) may be
used. Where a convolution is conditional, then the convolution is not necessarily ap-
plied to the signal evolving from the input signal 14 towards the audio signal 16 (e.g.
1724, 1824a, 1824b) through the intermediate signals 59a (15), 69, etc., but may be
applied to the target signal 14 (e.g. for generating the conditioning feature parameters
74 and 75 to be subsequently applied to the first data 15, or latent, or prior, or the
signal evolving form the input signal towards the speech 16). In other cases (e.g. at

blocks 61b, 62b, see below) the convolution may be non-conditional, and may for
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example be directly applied to the signal 59a (15), 69, etc., evolving from the input
signal 14 towards the audio signal 16 (e.g. 1724, 1824a, 1824b). Both conditional and

non-conditional convolutions may be performed.

It is possible to have, in some examples (at the decoder or at the encoder), activation
functions downstream to the convolution (Relu, TanH, softmax, etc.), which may be
different in accordance to the intended effect. ReLu may map the maximum between
0 and the value obtained at the convolution (in practice, it maintains the same value if
it is positive, and outputs 0 in case of negative value). Leaky RelL.u may output x if x>0,
and 0.1*x if x0, x being the value obtained by convolution (instead of 0.1 another
value, such as a predetermined value within 0.1 £ 0.05, may be used in some exam-
ples). TanH (which may be implemented, for example, at block 63a and/or 63b) may
provide the hyperbolic tangent of the value obtained at the convolution, e.g.
TanH(x)=(e*-e™*)/(e*+e™), with x being the value obtained at the convolution (e.g. at
block 61b, see below). Softmax (e.g. applied, for example, at block 64b) may apply the
exponential to each element of the elements of the result of the convolution, and nor-
malize it by dividing by the sum of the exponentials. Softmax may provide a probability
distribution for the entries which are in the matrix which results from the convolution
(e.g. as provided at 62b). After the application of the activation function, a pooling step
may be performed (not shown in the figures) in some examples, but in other examples
it may be avoided. It is also possible to have a softmax-gated TanH function, e.g. by
multiplying (e.g. at 65b, see below) the result of the TanH function (e.g. obtained at
63b, see below) with the result of the softmax function (e.g. obtained at 64b). Multiple
layers of convolutions (e.g. a conditioning set of learnable layers) may, in some exam-
ples, be one downstream to another one and/or in parallel o each other, so as to in-
crease the efficiency. If the application of the activation function and/or the pooling are
provided, they may also be repeated in different layers (or maybe different activation
functions may be applied to different layers, for example) (this may also apply to the

encoder).

At the audio signal representation decoder 1710, 1810a, 1810b (or audio generator
1700, 1800a, 1800b), the input signal 14 is processed, at different steps, to become
the generated audio signal 16 (e.g. 1724, 1824a, 1824b) (e.g. under the conditions set
by the conditioning set(s) of learnable layer(s) or the learnable layer(s) 71-73, and on
the parameters 74, 75 learnt by the conditioning set(s) of learnable layer(s) or the

learnable layer(s) 71-73). Therefore, the input signal 14 (or its evolved version, i.e. the



10

15

20

25

30

WO 2024/132187 56 PCT/EP2022/087807

first data 15) can be understood as evolving in a direction of processing (from 14 to
16) towards becoming the generated audio signal 16 (e.g. 1724, 1824a, 1824b) (e.g.
speech). The conditions will be substantially generated based on the target signal 12
and/or on the preconditions in the bitstream 3 (e.g. 1630 or 1830), and on the training
(so as to arrive at the most preferable set of parameters 74, 75).

Itis also noted that the multiple channels of the input signal 14 (or any of its evolutions)
may be considered to have a set of learnable layers and a styling element 77 associ-
ated thereto. For example, each row of the matrixes 74 and 75 may be associated to
a particular channel of the input signal (or one of its evolutions), e.g. obtained from a
particular learnable layer associated to the particular channel. Analogously, the styling
element 77 may be considered to be formed by a multiplicity of styling elements (each
for each row of the input signal x, ¢, 12, 76, 76’, 59, 59a, 59b, etc.).

Fig. 10 shows an example of the audio decoder (or more in general audio generator)
10 (which may embody the audio decoder 1700, 1800a, 1800b), and which may also
comprise (e.g. be) a GAN generator 11 (see below). Fig. 10 does now show the pre-
conditioning learnable layer 710 (shown in Fig. 9), even though the target data 12 are
obtained from the bitstream 3 (e.g. 1630 or 1830) through the preconditioning layer(s)
710 (see above). The target data 12 may be a mel-spectrogram (or other tensor(s))
obtain from the preconditioning learnable layer 710 (but they may be other kinds of
tensor(s)); the input signal 14 may be a latent (prior) noise or a signal obtained from
internal or external source, and the output 16 may be speech. The input signal 14 may
have only one sample and multiple channels (indicated as “x”, because they can vary,
for example the number of channels can be 80 or something else). The input vector 14
may be obtained in a vector with 128 channels (but other numbers are possible). In
case the input signal 14 is noise (“first option”), it may have a zero-mean normal distri-
bution, and follow the formula z ~ ' (0, 1;,); it may be a random noise of dimension
128 with mean 0, and with an autocorrelation matrix (square 128x128) equal to the
identity | (different choice may be made). Hence, in examples in which the noise is
used as input signal 14, it can be completely decorrelated between the channels and
of variance 1 (energy). V' (0,1;5) may be realized at every 22528 generated samples
(or other numbers may be chosen for different examples); the dimension may therefore
be 1 in the time axis and 128 in the channel axis. In examples, the input signal 14 may
be a constant value.
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The input vector 14 may be step-by-step processed (e.g., at blocks 702, 50a-50h, 42,
44, 46, etc.), so as to evolve to speech 16 (the evolving signal will be indicated, for
example, with different signals 15, 59a, x, ¢, 76’, 79, 79a, 59b, 79b, 69, etc.).

At block 30, a channel mapping may be performed. It may consist of or comprise a
simple convolution layer to change the number channels, for example in this case from
128 to 64. Block 30 may therefore be learnable (in some examples, it is deterministic).
As can be seen, at least some of the processing blocks 50a, 50b, 50¢, 50d, 50e, 50f,
50g, 50h (altogether embodying the first processing block 50 of Fig. 6) may increase
the number of samples by performing an upsampling (e.g., maximum 2-upsampling),
e.g. for each frame. The number of channels may remain the same (e.g., 64) along
blocks 50a, 50b, 50c, 50d, 50e, 50f, 50g, 50h. The samples may be, for example, the
number of samples per second (or other time unit): we may obtain, at the output of
block 50h, sound at 16 kHz or more (e.g. 22Khz). As explained above, a sequence of
multiple samples may constitute one frame. Each of the blocks 50a-50h (50) can also
be a TADEResBlock (residual block in the context of TADE, Temporal Adaptive DEnor-
malization). Notably, each block 50a-50h (50) may be conditioned by the target data
(e.g., codes, which may be tensors, such as a multidimensional tensor, e.g. with 2, 3,
or more dimensions) 12 and/or by the bitstream 3 (e.g. 1630 or 1830) At a second
processing block 45, only one single channel may be obtained, and multiple samples
are obtained in one single dimension (see also Fig. 11). As can be seen, another TA-
DEResBlock 42 (further to blocks 50a-50h) may be used (which reduces the dimen-
sions to four single channels). Then, a convolution layer 44 and an activation function
(which may be TanH 46, for example) may be performed. A (Pseudo Quadrature Mirror
Filter)-bank) 110 may also be applied, so as to obtain the final 16 (and, possibly, stored,
rendered, etc.).

At least one of the blocks 50a-50h (or each of them, in particular examples) and 42, as
well as the encoder layers 230, 240 and 250 (and 430, 440, 450, 460), may be, for
example, a residual block. A residual learnable block (layer) may operate a prediction
to a residual component of the signal evolving from the input signal 14 (e.g. noise) to
the output audio signal 16 (e.g. 1724, 1824a, 1824b). The residual signal is only a part
(residual component) of the main signal evolving form the input signal 14 towards the
output signal 16. For example, multiple residual signals may be added to each other,
to obtain the final output audio signal 16 (e.g. 1724, 1824a, 1824b). Other architectures
may be notwithstanding used.
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Fig. 12 shows an example of one of the blocks 50a-50h (50). The blocks 50a-50h (50)
may be replica with each other, although, when trained, they may result to As can be
seen, each block 50 (50a-50h) is inputted with a first data 59a, which is either the first
data 15, (or the upsampled version thereof, such as that output by the upsampling
block 30) or the output from a preceding block. For example, the block 50b may be
inputted with the output of block 50a; the block 50c may be inputted with the output of
block 50b, and so on. In examples, different blocks may operate in parallel to each
other, and there results are added together. From Fig. 12 it is possible to see that the
first data 59a provided to the block 50 (50a-50h) or 42 is processed and its output is
the output data 69 (which will be provided as input to the subsequent block). As indi-
cated by the line 59a’, a main component of the first data 59a actually bypasses most
of the processing of the first processing block 50a-50h (50). For example, blocks 60a,
900, 60b and 902 and 65b are bypassed by the main component 59a’. The residual
component 59a of the first data 59 (15) may be processed to obtain a residual portion
65b’ to be added to the main component 59a’ at an adder 65c¢ (which is indicated in
Fig. 12, but not shown). The bypassing main component 59a’ and the addition at the
adder 65¢ may be understood as instantiating the fact that each block 50 (50a-50h)
processes operations to residual signals, which are then added to the main portion of
the signal. Therefore, each of the blocks 50a-50h can be considered a residual block.
The addition at adder 65¢ does not necessarily need to be performed within the resid-
ual block 50 (50a-50h). A single addition of a plurality of residual signals 65b’ (each
outputted by each of residual blocks 50a-50h) can be performed (e.g., at one single
adder block in the second processing block 45, for example). Accordingly, the different
residual blocks 50a-50h may operate in parallel with each other. In the example of Fig.
12, each block 50 (50a-50h) may repeat its convolution layers twice. A first denormal-
ization block 60a and a second denormalization block 60b may be used in cascade.
The first denormalization block 60a may include an instance of the stylistic element 77,
to apply the conditioning feature parameters 74 and 75 to the first data 59 (15) (or its
residual version 59a). The first denormalization block 60a may include a normalization
block 76. The normalization block 76 may perform a normalization along the channels
of the first data 59 (15) (e.qg. its residual version 59a). The normalized version ¢ (76")
of the first data 59 (15) (or its residual version 59a) may therefore be obtained. The
stylistic element 77 may therefore be applied to the normalized version ¢ (76’), to obtain
a denormalized (conditioned) version of the first data 59 (15) (or its residual version
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59a). The denormalization at element 77 may be obtained, for example, through an
element-by-element multiplication of the elements of the matrix (or more in general
tensor) y (which embodies the condition 74) and the signal 76’ (or another version of
the signal between the input signal and the speech), and/or through an element-by-
element addition of the elements of the matrix (or more in general tensor) B (which
embodies the condition 75) and the signal 76’ (or another version of the signal between
the input signal and the speech). A denormalized version 59b (conditioned by the con-
ditioning feature parameters 74 and 75) of the first data 59 (15) (or its residual version

59a) may therefore be obtained.

Then, a gated activation 900 may be performed on the denormalized version 59b of
the first data 59 (e.g. its residual version 59a). In particular, two convolutions 61b and
62b may be performed (e.g., each with 3x3 kernel and with dilation factor 1). Different
activation functions 63b and 64b may be applied respectively to the results of the con-
volutions 61b and 62b. The activation 63b may be TanH. The activation 64b may be
softmax. The outputs of the two activations 63b and 64b may be multiplied by each
other, to obtain a gated version 59c of the denormalized version 59b of the first data
59 (or its residual version 59a). Subsequently, a second denormalization 60b may be
performed on the gated version 59c¢ of the denormalized version 59b of the first data
59 (or its residual version 59a). The second denormalization 60b may be like the first
denormalization and is therefore here not described. Subsequently, a second activa-
tion 902 may performed. Here, the kernel may be 3x3, but the dilation factor may be
2. In any case, the dilation factor of the second gated activation 902 may be greater
than the dilation factor of the first gated activation 900. The conditioning set of learna-
ble layer(s) 71-73 (e.g. as obtained from the preconditioning learnable layer(s)) and
the styling element 77 may be applied (e.g. twice for each block 50a, 50b...) to the
signal 59a. An upsampling of the target data 12 may be performed at upsampling block
70, to obtain an upsampled version 12’ of the target data 12. The upsampling may be
obtained through non-linear interpolation, and may use e.g. a factor of 2, a power of 2,
a multiple of two, or another value greater than 2. Accordingly, in some examples it is
possible to have that the spectrogram (e.g. mel-spectrogram) 12’ has the same dimen-
sions (e.g. conform to) the signal (76, 76’, ¢, 59, 59a, 59b, etc.) to be conditioned by
the spectrogram. In examples, the first and second convolutions at 61b and 62b, re-
spectively downstream to the TADE block 60a or 60b, may be performed at the same
number of elements in the kernel (e.g., 9, e.g., 3x3). However, the second convolutions



10

15

20

25

30

WO 2024/132187 60 PCT/EP2022/087807

in block 902 may have a dilation factor of 2. In examples, the maximum dilation factor

for the convolutions may be 2 (two).

As explained above, the target data 12 may be upsampled, e.g. so as to conform to
the input signal (or a signal evolving therefrom, such as 59, 59a, 76, also called latent
signal or activation signal). Here, convolutions 71, 72, 73 may be performed (an inter-
mediate value of the target data 12 is indicated with 71°), to obtain the parameters y
(gamma, 74) and B (beta, 75). The convolution at any of 71, 72, 73 may also require a
rectified linear unit, ReLu, or a leaky rectified linear unit, leaky ReLu. The parameters
y and B may have the same dimension of the activation signal (the signal being pro-
cessed to evolve from the input signal 14 to the generated audio signal 16 (e.g. 1724,
1824a, 1824b), which is here represented as x, 59, 59a, or 76’ when in normalized
form). Therefore, when the activation signal (x, 59, 59a, 76’) has two dimensions, also
y and B (74 and 75) have two dimensions, and each of them is superimposable to the
activation signal (the length and the width of y and B may be the same of the length
and the width of the activation signal). At the stylistic element 77, the conditioning fea-
ture parameters 74 and 75 are applied to the activation signal (which may be the first
data 59a or the 59b output by the multiplier 65a). It is to be noted, however, that the
activation signal 76’ may be a normalized version (at instance norm block 76) of the
first data 59, 59a, 59b (15), the normalization being in the channel dimension. It is also

to be noted that the formula shown in stylistic element 77 (yc+8, also indicated with

RACK RS in Fig. 12) may be an element-by-element product, and in some examples

is not a convolutional product or a dot product. The convolutions 72 and 73 have not
necessarily activation function downstream of them. The parameter y (74) may be un-
derstood as having variance values and B (75) as having bias values. It is noted that
for each block 50a-50h, 42, the learnable layer(s) 71-73 (e.g. together with the styling
element 77) may be understood as embodying weight layers. Also, block 42 of Fig. 10
may be instantiated as block 50 of Fig. 12. Then, for example, a convolutional layer 44
will reduce the number of channels to 1 and, after that, a TanH 46 is performed to
obtain speech 16. The output 44’ of the blocks 44 and 46 may have a reduced number
of channels (e.g. 4 channels instead of 64), and/or may have the same number of
channels (e.g., 40) of the previous block 50 or 42.

A PQMF synthesis (see also below) 110 is performed on the signal 44’, so as to obtain
the audio signal 16 (e.g. 1724, 1824a, 1824b) in one channel.
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Quantization and conversion from indexes onto codes

At first, it is to be noted that it is not strictly necessary that one single index is used to

map one single code (e.g. tensor). There may be techniques such as:

- Split tensor quantization:
o Atthe encoder (e.g. 1600a, 1600b) the quantizer 1608 converts one
single tensor onto a plurality of indexes, e.g. by:
= Splitting the tensor onto a plurality of subtensors (e.g. subvec-
tors) (e.g. at specific coordinates or positions in the tensor)
= Providing one index for each subtensor
s For this aim, different codebooks for different portions of the ten-
sor may be defined
* |n some cases, there may be defined a main portion of the ten-
sor (e.g. main subtensor) and at least one low-ranking portion of
the tensor (e.g. low-ranking subtensor)
= The quantizer 1608 will therefore convert each subtensor in a re-
spective index, using the respective codebook
o At the audio signal representation decoder (e.g. 1710, 1810a, 1810b),
the quantization index converter converts a plurality of indexes for each
tensor, e.g. by
= converting each index onto a respective subtensor
= putting together the subtensors into one single tensor
= Analogously to the encoder, different codebooks may be used.
- Residual quantization:
o Atthe encoder (e.g. 1600a, 1600b) the quantizer 1608 converts one
single tensor onto a plurality of indexes, e.g. by
= |teratively decomposing the current tensor onto a main portion
ad at least one residual portion (e.g. error)
= For each portion of the tensor, a conversion may be performed
using a particular index
= Even in this case, there may be used a plurality of codebooks

(e.g. main codebook and residual codebook(s)
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o At the audio signal representation decoder (e.g. 1710, 1810a, 1810b),
the quantization index converter converts a plurality of indexes for each
tensor e.g. by

= Converting each index onto each portion (main portion, residual
portion) of the tensor (the same high-ranking codebooks as in
the encoder may be used)

= Composing all the portions together (e.g. by addition)

Portions of the tensors may, in some examples, components (e.g. addends).

Here below, reference is made in particular to the residual quantization, even if analo-

gous concepts may be used for the split quantization.

There are here discussed the operations of the quantizer 1608 (e.g. in Fig. 6a or 6b)

and of the quantization index converter 313, (inverse or reverse quantizer) when it is
a quantization index. It is noted that quantizer may be inputted with a scalar, a vector,
or more in general a tensor, and the quantization index converter 313 (1818a, 1818b,

1718) converts an index onto at least one code (which is taken from a codebook).

The codebooks that are used my be, for example, codebooks 1622 and 1624 (and
possibly also 1122, 1124, 1124a, 1124b of Fig. 1a).

Here, the following conventions are used:

¢ X is the speech (or more in general input signal 1602 to be encoded)

« E(x) is the output of the audio sighal generator 1604, which may be a vector or
more in general a tensor

» Indexes (e.g. i, iy, iq) which refer (e.g. point) to codes (e.g. z,r, q) are in at
least one codebook (e.g. ze, re, ge)

e The indexes (e.g. i,, ir, ig) are written in the bitstream 3 (e.g. 1630 or 1830)
by the quantizer 1608 and are read by the quantization index converter 313
(1818a, 1818b, 1718)

« A main code (e.g. z) is chosen in such a way to approximate the value E(x)

« Afirst (if present) residual code (e.g. r) is chosen in such a way to approxi-

mate the residual E(x) — z
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e A second (if present) residual code (e.g. q) is chosen in such a way to approxi-
mate the residual ExX) —z—r

+ The decoder (e.g. at the quantization index converter 313, 1718, 1818a,
1818b) reads the indexes (e.g. i,, i, ig) from the bitstream 3 (e.g. 1630 or
1830), obtains the codes (e.g. z, 1, q), and reconstructs a tensor (e.g. a tensor
which represents the frame in the first audio signal representation 220 of the
first audio signal 1), e.g. by summing the codes (e.g. z+ r+ q) as tensor 112,

« Dithering can be added, to avoid potential clustering effect.

The quantizer 1608 of Fig. 6a or 6b may associate, to each tensor of the first multi-
dimensional audio signal representation or a processed version of the first multi-di-
mensional audio signhal representation of the input audio signal 1602, a code which
best approximates the tensor (e.g. a code which minimizes the distance from the ten-
sor) of the codebook, so as to permit to write in the bitstream 3 the index which, in

the codebook, is associated to the code which minimizes the distance.

As explained above, the at least one codebook may be defined according to a resid-

ual technique. For example there may be:

1) A main (base) codebook z, (e.g. 1622, 1122) may be defined as having a plu-
rality of codes, so that a particular code z € z, in the codebook is chosen
which is associated approximating the main portion of the frame E(x) (input
vector) outputted by the block 290;

2) An optional first residual codebook r, (e.g. 1624, 1124), having a plurality of
codes, may be defined, so that a particular code r € r, is chosen which best
approximates the residual E(x) — z of the main portion of the input vector E(x);

3) An optional second residual codebook q, (e.g. 1124a), having a plurality of
codes, may be defined, so that a particular code q € q. is chosen which ap-
proximates the first-rank residual E(x) — z, — r;

4) Possible optional further lower ranked residual codebooks.

The codes of each codebook may be indexed according to indexes, and the associa-
tion between each code in the codebook and the index may be obtained by training.
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What is written in the bitstream 3 (e.g. 1630 or 1830) is the index for each portion
(main portion, first residual portion, second residual portion). For example, we may

have:

1) Afirstindex i, pointing at z € z,
2) A second index i, pointing at the first residual r € r,

3) A third index i, pointing at the second residual q € q,

While the codes z, 1, q may have the dimensions of the output E(x) of the audio signal
representation generator 1604 for each frame, the indexes i,, i, i; may be their en-

coded versions (e.g., a string of bits, such as 10 bits).
Therefore, there may be a multiplicity of residual codebooks, so that:

the second residual codebook g, associates, to indexes to be encoded in the
audio signal representation, codes (e.g. scalar, vectors or more in general tensors)
representing second residual portions of the first multi-dimensional audio signal rep-

resentation of the input audio signal,

the first residual codebook r, associates, to indexes to be encoded in the au-
dio signal representation, codes representing first residual portions of frames of the

first multi-dimensional audio signal representation,

the second residual portions of frames being residual [e.g. low-ranked] with re-
spect to the first residual portions of frames.

Dually, the audio generator 1700, 1800a, 1800b (or the audio signal representation
decoder 1710, 1810a, 1810b, or in particular the quantization index converter 1718,
1818a, 1818b) may perform the reverse operation. The audio generator 1700, 1800a,
1800b may have a codebook which may to convert the indexes (e.g. i,, iy, ig) of the

bitstream (1630, 1830) onto codes (e.g. z,r, q) from the codes in the codebook.

For example, in the residual case of above, the bitstream may present, for each
frame of the bitstream 3 (1630, 1830):

1) A main index i, representing a code z € z, for converting from the index (code)
i, to the code z, thereby forming a main portion z of the tensor (e.g. vector) ap-
proximating E(x)
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2) A first residual index (second index) i, representing the code r € r, for convert-
ing from the index i, to the code r, thereby forming a first residual portion of
the tensor (e.g. vector) approximating E(x)

3) A second residual index (third index) iy representing the code q € rq for con-

verting from the index ig to the code q, thereby forming a second residual por-

tion of the tensor (e.g. vector) approximating E(x)

Then the code version (tensor version) 212 of the frame may be obtained, for exam-

ple,assumz+r+q.
GAN discriminator

The GAN discriminator 100 of Fig. 13 may be used during training for obtaining, for
example, the parameters 74 and 75 to be applied to the input signal 12 (or a processed
and/or normalized version thereof). The training may be performed before inference,
and the parameters (e.g. 74, 75, and/or the at least one codebook) may be, for exam-
ple, stored in a non-transitory memory and used subsequently (however, in some ex-

amples it is also possible that the parameters 74 or 75 are calculated on line).

The GAN discriminator 100 has the role of learning how to recognize the generated
audio signals (e.g., audio signal 16 (e.g. 1724, 1824a, 1824b) synthesized as dis-
cussed above) from real input signals (e.g. real speech) 104. Therefore, the role of the
GAN discriminator 100 is mainly exerted during a training session (e.g. for learning
parameters 72 and 73) and is seen in counter position of the role of the GAN generator
11 (which may be seen as the audio decoder 1700, 1800a, 1800b without the GAN

discriminator 100).

In general terms, the GAN discriminator 100 may be input by both audio signal 16 (e.g.
1724, 1824a, 1824b) synthesized generated by the GAN decoder 1700, 1800a, 1800b
(and obtained from the bitstream 3 (e.g. 1630 or 1830), which in turn could be gener-
ated by the encoder 1600a or 1600b from the input audio signal 1602), and real audio
signal (e.g., real speech) 104 acquired e.g., through a microphone or from another
source, and process the signals to obtain a metric (e.g., loss) which is to be minimized.
The real audio signal 104 can also be considered a reference audio signal. During
training, operations like those explained above for synthesizing speech 16 may be re-
peated, e.g. multiple times, so as to obtain the parameters 74 and 75, for example.
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In examples, instead of analyzing the whole reference audio signal 104 and/or the
whole generated audio signal 16 (e.g. 1724, 1824a, 1824b), it is possible to only ana-
lyze a part thereof (e.g. a portion, a slice, a window, etc.). Signal portions generated in
random windows (105a-105d) sampled from the generated audio signal 16 (e.g. 1724,
1824a, 1824b) and from the reference audio signal 104 are obtained. For example
random window functions can be used, so that it is not a priori pre-defined which win-
dow 105a, 105b, 105¢, 105d will be used. Also the number of windows is not neces-

sarily four, at may vary.

Within the windows (105a-105d), a PQMF (Pseudo Quadrature Mirror Filter)-bank 110
may be applied. Hence, subbands 120 are obtained. Accordingly, a decomposition
(110) of the representation of the generated audio signal (16) or the representation of
the reference audio signal (104) is obtained.

An evaluation block 130 may be used to perform the evaluations. Multiple evaluators
132a, 132b, 132c, 132d (complexively indicated with 132) may be used (different num-
ber may be used). In general, each window 105a, 105b, 105¢, 105d may be input to a
respective evaluator 132a, 132b, 132¢, 132d. Sampling of the random window (105a-
105d) may be repeated multiple times for each evaluator (132a-132d). In examples,
the number of times the random window (105a-105d) is sampled for each evaluator
(132a-132d) may be proportional to the length of the representation of the generated
audio signal or the representation of the reference audio signal (104). Accordingly,
each of the evaluators (132a-132d) may receive as input one or several portions (105a-
105d) of the representation of the generated audio signal (16) or the representation of
the reference audio signal (104).

Each evaluator 132a-132d may be a neural network itself. Each evaluator 132a-132d
may, in particular, follow the paradigms of convolutional neutral networks. Each eval-
uator 132a-132d may be a residual evaluator. Each evaluator 132a-132d may have
parameters (e.g. weights) which are adapted during training (e.g., in a manner similar

to one of those explained above).

As shown in Fig. 13, each evaluator 132a-132d also performs a downsampling (e.g.,
by 4 or by another downsampling ratio). The number of channels may increase for
each evaluator 132a-132d (e.g., by 4, or in some examples by a number which is the
same of the downsampling ratio).
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Upstream and/or downstream to the evaluators, convolutional layers 131 and/or 134
may be provided. An upstream convolutional layer 131 may have, for example, a kernel
with dimension 15 (e.g., 5x3 or 3x5). A downstream convolutional layer 134 may have,

for example, a kernel with dimension 3 (e.g., 3x3).

During training, a loss function (adversarial loss) 140 may be optimized. The loss func-
tion 140 may include a fixed metric (e.g. obtained during a pretraining step) between a
generated audio signal (16) and a reference audio signal (104). The fixed metric may
be obtained by calculating one or several spectral distortions between the generated
audio signal (16) and the reference audio signal (104). The distortion may be measured

by keeping into account:

- magnitude or log-magnitude of the spectral representation of the generated
audio signal (16) and the reference audio signal (104), and/or

- different time or frequency resolutions.

In examples, the adversarial loss may be obtained by randomiy supplying and evalu-
ating a representation of the generated audio signal (16) or a representation of the
reference audio signal (104) by one or more evaluators (132). The evaluation may
comprise classifying the supplied audio signal (16, 132) into a predetermined number
of classes indicating a pretrained classification level of naturalness of the audio signal
(14, 16). The predetermined number of classes may be, for example, “REAL” vs
“FAKE".

Examples of losses may be obtained as
£(D; G) = Ey, [ReLU(1 = D(x)) + ReLU (1+ D(G(z 5)))].
where:

x is the real speech 104,

z is the latent input 14 (which may be noise or another input obtained from the
bitstream 3 (e.g. 1630 or 1830)),

s is the tensor representing x (or more in general the target signal 12).

D(..) is the output of the evaluators in terms of distribution of probability

(D(...) = 0 meaning “for sure fake”, D(...) = 1 meaning “for sure real").
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The spectral reconstruction loss L, is still used for regularization to prevent the emer-
gence of adversarial artifacts. The final loss is can be, for example:

L= '3‘2?;1 L(Di; G) + Lyec-

where each i is the contribution at each evaluator 132a-132d (e.g.. each evaluator

132a-132d providing a different D;) and £, is the pretrained (fixed) loss.
During training session, there is a search for the minimum value of £, which may be
expressed for example as

4

m(;n(Ez [Z —D; G(s,2)

i=1

+ Lrec)

Other kinds of minimizations may be performed.

In general terms, the minimum adversarial losses 140 are associated to the best pa-
rameters (e.g., 74, 75) to be applied to the stylistic element 77.

1) Itis to be noted that the training session, also the encoder 1600a or 1600b (or
at least the audio signal representation generator 1604) may be trained together
with the decoder 1700, 1800a, 1800b (or more in general audio generator 10).
Therefore, together with the parameters of the decoder 1700, 1800a, 1800b (or
more in general audio generator 10), also the parameter of the encoder 1600a
or 1600b (or at least the audio signal representation generator 1604) may be
obtained. In particular, at least one of the following may be obtained by training:
The weights of the learnable layers 230, 250 (e.g., kernels)

2) The weights of the recurrent learnable layer 240

3) The weights of the learnable block 290, including the weights (e.g., kernels) of
the layers 429, 440, 460

4) The codebook(s) (e.g. at least one of ze, re, ge) to be used by the learnable
quantizer (dually to the codebook(s) of the quantization index converter 313).

A general way to train the encoder 1600a or 1600b and the decoder 1700, 1800a,
1800b one together with the other is to use a GAN, in the discriminator 100 shall dis-
criminate between:



10

15

20

25

30

WO 2024/132187 69 PCT/EP2022/087807
audio signals 16 generated from frames in the bitstreams 3 actually gen-
erated by the encoder 1; and

audio signals 16 generated from frames in bitstreams non-generated by

the encoder 1.

Generation of at least one codebook

With particular attention to the codebook(s) (e.g. at least one of ze, re, ge) to be used
by the quantizer 1608 and/or by the quantization index converter 1818a, 1818b, 1718
(313), there may be different way of defining the codebook(s).

During the training session a multiplicity of bitstreams 3 {1630, 1830) may be gener-
ated by the quantizer 1608 and are obtained by the quantization index converter 313
(1818a, 1818b, 1718). Indexes (e.g. iz, ir, Iq) are written in the bitstreams (3) to encode
known frames representing known audio signals. The training session may include an
evaluation of the generated audio signals 16 at the audio signal representation decoder
1800a, 1800b, 1700 in respect to the known input audio signals 1602 provided to the
audio signal representation generator 1610a, 1610b: associations of indexes of the at
least one codebook are adapted with the frames of the encoded bitstreams [e.g. by
minimizing the difference between the generated audio signal 16 (e.g. 1724, 1824a,
1824b) and the known audio signals 1602].

in the cases in which a GAN is used, the discriminator 100 shall discriminate between:

audio signals 16 (e.g. 1724, 1824a, 1824b) generated from frames in the
bitstreams 3 (1630, 1830) actually generated by the encoder 1600a, 1600b; and

audio signals 16 generated in bitstreams non-generated by the encoder
1600a, 1600b.

During the training session it is possible to define the length of the indexes (e.g., 10
bits instead of 15 bits) for each index. The training may therefore provide at least:

a multiplicity of first bitstreams with first candidate indexes having a first bitlength
and being associated with first known frames representing known audio signals, the
first candidate indexes forming a first candidate codebook, and

a multiplicity of second bitstreams with second candidate indexes having a sec-

ond bitlength and being associated with known frames representing the same first
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known audio signals, the second candidate indexes forming a second candidate code-
book.

The first bitlength may be higher than the second bitlength [and/or the first bitlength
has higher resolution but it occupies more band than the second bitlength]. The training
session may include an evaluation of the generated audio signals obtained from the
multiplicity of the first bitstreams in comparison with the generated audio signals ob-
tained from the multiplicity of the second bitstreams, to thereby choose the codebook
[e.g. so that the chosen learnable codebook is the chosen codebook between the first
and second candidate codebooks] [for example, there may be an evaluation of a first
ratio between a metrics measuring the quality of the audio signal generated from the
multiplicity of first bitstreams in respect to the bitlength vs a second ratio between a
metrics measuring the quality of the audio signal generated from the multiplicity of sec-
ond bitstreams in respect to the bitrate, and to choose the bitlength which maximizes
the ratio][e.g. this can be repeated for each of the codebooks, e.g.. the main, the first
residual, the second residual, etc.]. The discriminator 100 may evaluate whether the
outputs signal 16 generated using the second candidate codebook with low bitlength
indexes appear to be similar to outputs signal 16 generated using fake bitstreams 3
(e.g. by evaluating a threshold of the minimum value of £ and/or an error rate at the
discriminator 100), and in positive case the second candidate codebook with low
bitlength indexes will be chosen; otherwise, the first candidate codebook with high

bitlength indexes will be chosen.
In addition or alternative, the training session may performed by using:

a first multiplicity of first bitstreams with first indexes associated with first known
frames representing known audio signals, wherein the first indexes are in a first maxi-
mum number, the first multiplicity of first candidate indexes forming a first candidate

codebook; and

a second multiplicity of second bitstreams with second indexes associated with
known frames representing the same first known audio signals, the second multiplicity
of second candidate indexes forming a second candidate codebook, wherein the sec-
ond indexes are in a second maximum number different from the first maximum num-

ber.
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Discussion

Principles of our invention

We propose, inter alia, a DNN based auto-regressive network for PLC (also called
PLCNet) that can be deeply integrated with our previously proposed codec NESC[7].
NESC is an end-to-end speech codec comprising of a neural encoder and a neural
decoder. The neural encoder learns a latent representation from speech signal and
vector quantize it at a bitrate of 3.2kbps. The neural decoder uses the quantized rep-
resentation as a conditioning feature to synthesize the original signal. The proposed
PLCNet works on the latent representation of the pretrained NESC model and pre-
dicts future latent representation for concealment. PLCnet (mainly shown in Figs. 1b
and 2, as well as Figs. 8a and 8b) has given good resuits (see Figs. 4 and 5).

We also propose FEC mode (e.g. in Figs. 6a and 6b for the encoder side, and in Fig.
7 for the decoder side) for NESC such that past latent representation can be sent
along with the current frame for concealment as well as assist the PLCNet for larger
burst errors. The FEC is self-contained and is another description of at least one past
frame. FEC can be exploited in case a (de)-Jitter Buffer Management is performed at
the receiver side. It avoids at low cost retransmission, muting or concealment of lost
frames, and therefore improve significantly the resilience of the system. The FEC
mode may come with additional bitrate of 0.8kbps to 3.2kbps depending upon the
number of past frames (in range of 1 to 4 in our implementation) to be sent to the de-
coder and/or the desired quality in case of packet losses and/or the desired total bit-

rate.

PLCNet and FEC:
s PLCNet:
o NESC may include residual quantization with e.g. 4 codebooks.

o First codebook (e.g. 1622, 1222, etc.) may be primary representation
that can produce accepted quality of speech signal, thus, making it
alone suitable for concealment.

o PLCNet may be trained independently of the codec.

o Use of memory element like GRU in PLCNet facilitates auto-regressive
feature generation for burst error concealment.

s Forward Error Correction(FEC):

o New FEC for neural codec.
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o Made possible, in some examples, because of availability of future
frames in jitter buffer (e.g. see Figs. 3a and 3b).

o Redundant frame contains information of past primary frame and is
transmitted along with current primary frame.

o The choice of the past frame to be considered in the redundant frame
may depend on the jitter buffer length and/or network conditions and
may be called ‘FEC offset’.

o The redundant frame can contain single codebook stage index (e.g.
0.8kbps) or all codebook stage indices (e.g. 3.2kbps) depending on de-
sired quality of corrected packets.

o Or, the redundant frame can contain information on multiple past
frames (e.g. 4 different past frames with 4 different FEC offset for pay-
load of 3.2kbps over the primary frame) for correcting even more effi-
ciently in very bad network conditions.

o Option of having a dedicated codebook for the redundant information

that is trained on the latent representation.

Listening test results:

Reference may be made to Fig. 4.

- Dataset: MS Challenge PLC dataset, max burst loss of 120ms and 320ms.

- Frame error rate between 4%-30%

- NESC PLC: the proposed approach for concealment using in deeply inte-
grated estimation of the latent representation. The results are shown in Fig. 4

- NESC / PLCNet: NESC with concealment from the prior art using another
dedicated generative network used as post-processor of the lost frames (sig-

nificant complexity overhead)

Improvements/Novelty FEC:

- New method of FEC dedicated to neural codecs, using redundant information
of the past frames.
o The new FEC operating in latent space does not require additional
learning layers and involves minimal structural change of the neural
coders which allows a simple and powerful integration.
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o FEC is performed with some stage/s of codebook or with entirely newly

trained codebook.
- New method of FEC dedicated to neural codecs, using redundant information
of the current by frame

o The new FEC operating in latent space does not require additional
learning layers and involves minimal structural change of the neural
coders which allows a simple and powerful integration.

o FEC is performed with some stage/s of codebook or with entirely newly

trained codebook.

Improvements/Novelty PLC:

- An autoregressive way of PLC in latent feature domain that predict future
codebook indices and is trained independent to the neural codec.
Good concealment for burst size up to 120ms and more and at error rates up
to 30%.

Summarizing of some aspects

In examples above, some aspects relate to an audio signal representation decoder
configured to decode an audio signal representation from a bitstream, the bitstream
being divided in a sequence of packets, the audio signal representation decoder com-
prising:

a bitstream reader, configured to sequentially read the sequence of packets
[e.g. to extract at least one index within at least one current packet];

a packet loss controller, configured to check whether a current packet is well
received [e.g. it has a correct format] or is to be considered as lost;

a quantization index converter, configured, in case the packet loss controller
has determined that the current packet is well received [e.g. has correct format], to
convert at least one index extracted from the current packet onto at least one current
code [e.g. vector/tensor] from at least one codebook, thereby forming at least one por-
tion of the audio signal representation; and

wherein the audio signal representation decoder is configured, in case the
packet loss controller has determined that the current packet is to be considered as
lost, to generate, through at least one learnable predictor layer, at least one current
code by prediction [e.g. code prediction or index prediction] from at least one preceding

code or index [e.g., the current code may be obtained by prediction from a previously
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obtained index or code, or, in alternative, a current index may be obtained by prediction
from a previously obtained index or code][the prediction may be based on a previously
predicted code or index or on a previously converted code from a correctly received
index or from a code converted from a previously predicted index], thereby forming at
least one portion of the audio signal representation.

[e.g. there may be a processing and/or rendering block, configured, in case the
packet loss controller has determined that the at least one current packet has correct
format, to generate at least one portion of the audio signal by converting the at least
one converted code [e.g. through at least one learnable processing layer, at least one
a deterministic layer, or at least one learnable processing layer and at least one deter-
ministic layer] onto the at least portion of the audio signal; and a code predictor,
wherein the processing block is configured to generate at least one portion of the audio
signal by converting the at least one predicted code [e.g. through at least one learnable
processing layer, at least one a deterministic layer, or at least one learnable processing

layer and at least one deterministic layer] onto the at least portion of the audio signal].

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one codebook associates indexes to codes or parts of codes, so
that the quantization index converter converts the at least one index extracted from the
current packet onto the at least one converted code, or at least one part of a converted
code.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one codebook [e.g. ze, e, Ge] includes:

a base codebook [e.g. ze] associating indexes to main portions of codes; and

at least one low-ranking codebook [e.g. a first low-ranking codebook, e.g. re and
maybe a second low-ranking codebook with ranking lower than the first low-ranking
codebook, and maybe a third low-ranking codebook with ranking lower than the second
low-ranking codebook; and maybe a fourth low-ranking codebook with ranking lower
than the third low-ranking codebook; further codebooks are possible] associating in-
dexes to residual portions of codes [e.g. the lower the ranking the more residual the
portion of code],

wherein the at least one index extracted from the current packet includes at

least one high-ranking index and at least one low-ranking index,
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wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, and the at least one
low-ranking index onto at least one residual portion of the current code,

wherein the quantization index converter is further configured to reconstruct the

current code by adding the main portion to the at least one residual portion.

In examples above, some aspects relate to an audio signal representation decoder,
configured to predict at least one current code from at least the at least one high-rank-
ing index of the at least one preceding or following packet, but not from the lowest-

ranking index of the of the at least one preceding or following packet.

In examples above, some aspects relate to an audio signal representation decoder,
configured to predict the current code from at least the high-ranking index of the at
least one preceding packet and from at least one middle-ranking index, but not from

the lowest-ranking index of the of the at least one preceding packet.

In examples above, some aspects relate to an audio signal representation decoder,
configured to store redundancy information written in packets of the bitstream but re-
ferring to different packets, the audio signal representation decoder being configured
to store the redundancy information in a temporary storage unit,

wherein the audio signal representation decoder is configured, in case the at
least one current packet is to be considered as lost, to search the temporary storage
unit, and, in case the redundancy information referring to the at least one current
packet is refrieved, to:

retrieve at least one index from the redundancy information referring to the cur-
rent packet;

cause the quantization index converter to convert the at least one retrieved in-
dex from the at least one codebook onto a substitutive code;

cause the processing block to generate the at least one portion of the audio
signal by converting the at least one substitutive code onto the at least portion of the

audio signal.

In examples above, some aspects relate to an audio signal representation decoder,

wherein the redundancy information provides at least the high-ranking index(es) of the
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at least one preceding or following packet, but not at least one of the lower-ranking

index(es) of the at least one preceding or following packet.

In examples above, some aspects relate to an audio signal representation decoder
further comprising at least one learnable predictor configured to perform the prediction,

the at least one learnable predictor having at least one learnable predictor layer.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one learnable predictor is trained by sequentially predicting pre-
dicted current codes, or respectively current indexes, from preceding and/or following
packets, and by comparing the predicted current codes, or the current codes obtained
from predicted indexes, with converted codes converted from packets having been well
received, so as to learn learnable parameters of the at least one learnable predictor
layer which minimize errors of the predicted current codes with respect the converted

codes converted from the packets having correct format.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one learnable predictor layer includes at least one recurrent learn-

able layer.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one learnable predictor layer includes at least one gated recurrent

unit.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one learnable predictor layer has at least one state,

the at least one learnable predictor layer being iteratively instantiated, along a
sequential plurality of learnable predictor layer instantiations,

in such a way that, to predict the current code, a current learnable predictor layer
instantiation receives a state from at least one preceding learnable predictor layer in-
stantiation which has predicted at least one preceding code for at least one preceding
packet.
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In examples above, some aspects relate to an audio signal representation decoder,
wherein, to predict the current code, the current learnable predictor layer instantiation
receives in input;

the at least one preceding converted code in case the at least one preceding
packet is considered well received; and

the at least one preceding predicted code in case the at least one preceding

packet is considered as lost.

In examples above, some aspects relate to an audio signal representation decoder,
wherein, to predict the current code, the current learnable predictor layer instantiation
receives the state from the at least one preceding iteration both in case the at least
one preceding packet is considered well received and in case the at least one preced-

ing packet is considered as lost.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one learnable predictor layer is configured to predict the current
code and/or to receive the state from the at least one preceding learnable predictor
layer instantiation both in case the at least one preceding packet is considered well
received and in case the at least one preceding packet is considered as lost, so as to
provide the predicted code and/or to output the state to at least one subsequent learn-
able predictor layer instantiation.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the current learnable predictor layer instantiation includes at least one learna-

ble convolutional unit.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the current learnable predictor layer instantiation includes at least one learna-
ble recurrent unit.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one recurrent unit of the current learnable layer is inputted with a

state from a correspondent at least one recurrent unit from the at least one preceding
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learnable predictor layer instantiation, and outputs a state to a corresponding at least

one recurrent unit of at least one subsequent learnable predictor layer instantiation.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the current learnable predictor layer instantiation has a series of learnable
layers [e.g. each learnable layer of the series, apart from the last one, outputs a pro-
cessed code to the immediately subsequent layer of the series, and the last learnable
layer of the series output a code to the immediately subsequent learnable predictor
layer instantiation][e.g. for each learnable predictor layer instantiation, apart from the
last learnable predictor layer instantiation, each learnable layer of the series outputs
its state to the corresponding learnable layer of the immediately learnable predictor

layer instantiation]

In examples above, some aspects relate to an audio signal representation decoder,
wherein for the current learnable predictor layer instantiation, the series of learnable
layers includes at least one dimension-reducing learnable layer [e.g. GRU2] and at
least one dimension-increasing learnable layer [e.g. FC] subsequent to the at least one
dimension-reducing learnable layer [e.g. so that the output of the learnable predictor
layer instantiation has the same dimension of the input of the learnable predictor layer

instantiation].

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one dimension-reducing learnable layer [e.g. GRU2] includes at
least one learnable layer with a state, [e.g. in such a way that each learnable predictor
layer instantiation, apart from the last learnable predictor layer instantiation, provides
the state of the at least one dimension-reducing learnable layer to the at least one
dimension-reducing learnable layer of the immediately subsequent learnable predictor

layer instantiation].

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one dimension-increasing learnable layer [e.g. FC] includes at
least one learnable layer without a state, [e.g. in such a way that no predictor layer

instantiation provides the state of the at least one dimension-increasing learnable layer
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to the at least one dimension-increasing learnable layer of the immediately subsequent

learnable predictor layer instantiation].

In examples above, some aspects relate to an audio signal representation decoder,
wherein the series of learnable layers is gated.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the wherein the series of learnable layers is gated through a softmax activation

function.

In examples above, some aspects relate to an audio signal representation decoder
configured to decode an audio signal representation from a bitstream, the bitstream
being divided in a sequence of packets, the audio signal representation decoder com-
prising:

a bitstream reader [e.g. index extractor], configured to sequentially read the se-
quence of packets, and to extract, from the at least one current packet:

at least one index of the at least one current packet;

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

a packet loss controller, PLC, configured to check whether the at least one cur-
rent packet is well received [e.g. having a correct format] or is to be considered as lost
[e.g. having an incorrect format];

a quantization index converter, configured, [e.g. in case the PLC has deter-
mined that the at least one current packet has correct format], to convert the at least
one index of the at least one current packet onto at least one current converted code
[e.g. tensor, or in particular case vector, but in case of vector it should preferably be
with multiple dimensions] from at least one codebook, thereby forming a portion of the
audio signal representation;

a redundancy information storage unit , configured, [e.g. through at least one
learnable layer or a deterministic layer], to store the redundancy information and to
provide the stored redundancy information on the at least one current packet in case
the PLC has determined that the at least one current packet is to be considered as
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lost, to form a portion of the audio signal representation through the redundancy infor-
mation [the redundancy information may include, for example, one index, or one por-
tion of the index, to be converted by the quantization index converter, or a code or a
portion of code previously already converted].

[e.g. as part of an audio generator it may comprise a processing and/or render-
ing block, configured, in case the PLC has determined that the at least one current
packet has correct format, to generate at least one portion of the audio signal by con-
verting the at least one converted code [e.g. through at least one learnable processing
layer, at least one a deterministic layer, or at least one learnable processing layer and
at least one deterministic layer] onto the at least portion of the audio signal];

[wherein the processing block is configured to generate at least one portion of
the audio signal by converting the at least one stored redundancy information on the
at least one current packet [e.g. through at least one learnable processing layer, at
least one a deterministic layer, or at least one learnable processing layer and at least

one deterministic layer] onto the at least portion of the audio signal].

In examples above, some aspects relate to an audio signal representation decoder,
wherein the redundancy information storage unit is configured to store, as redundancy
information, at least one index from a preceding or following packet, so as to provide,
to the quantization index converter, the stored at least one index in case the PLC has
determined that the at least one current packet is to be considered as lost.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the redundancy information storage unit is configured to store, as redundancy
information, at least one code previously extracted from a preceding or following
packet, to bypass the quantization index converter using the stored code in case in
case the PLC has determined that the at least one current packet is to be considered

as lost.

In examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one codebook associates indexes to codes or parts of codes, so
that the quantization index converter converts the at least one index extracted from the
current packet onto the at least one converted code, or at least one part of a converted

code.
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in examples above, some aspects relate to an audio signal representation decoder,
wherein the at least one codebook [e.g. ze, re, ge] includes:

a base codebook [e.g. ze] associating indexes to main portions of codes; and

at least one low-ranking codebook [e.g. a first low-ranking codebook, e.g. re and
maybe a second low-ranking codebook with ranking lower than the first low-ranking
codebook, and maybe a third low-ranking codebook with ranking lower than the second
low-ranking codebook; and maybe a fourth low-ranking codebook with ranking lower
than the third low-ranking codebook; further codebooks are possible] associating in-
dexes to residual portions of codes [e.g. the lower the ranking the more residual the
portion of code],

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, and the at least one
low-ranking index onto at least one residual portion of the current code,

wherein the quantization index converter is further configured to reconstruct the
current code by adding the main portion to the at least one residual portion.

In examples above, some aspects relate to an audio signal representation decoder,
configured to generate or retrieve the at least one current code from at least the at
least one high-ranking index of the at least one preceding or following packet, but not
from the lowest-ranking index of the of the at least one preceding or following packet.

In examples above, some aspects relate to an audio signal representation decoder,
configured to generate or retrieve the current code from at least the high-ranking index
of the at least one preceding or following packet and from at least one middle-ranking
index, but not from the lowest-ranking index of the of the at least one preceding or
following packet.

In examples above, some aspects relate to an audio generator for generating an audio
signal from a bitstream, comprising the audio signal representation decoder as above,

further configured to generate the audio signal by converting the audio signal
representation onto the audio signal.
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In examples above, some aspects relate to an audio generator, further configured to

render the generated audio signal.

In examples above, some aspects relate to an audio generator comprising:

a first data provisioner configured to provide, for a given frame, first data derived
from an input signal [e.g. from an external or internal source or from the audio signal
representation], [wherein the first data may have one single channel or multiple chan-
nels; the first data may be, for example, completely unrelated with the target data
and/or with the audio sighal representation, while in other examples the first data may
have some relationship with the audio signal representation, since it may be obtained
from the audio signal representation];

a first processing block, configured, for the given frame, to receive the first data
and to output first output data in the given frame, [wherein the first output data may
comprise a one single channel or a plurality of channels],

[e.g. the audio generator also comprising a second processing block, config-
ured, for the given frame, to receive, as second data, the first output data or data de-
rived from the first output data,]

wherein the first processing block comprises:

[in some cases, at least one preconditioning learnable layer configured
to receive the audio signal representation, or a processed version thereof, and,
for the given frame, output target data representing the audio signal in the given
frame [e.g. with multiple channels and multiple samples for the given frame]];

at least one conditioning learnable layer configured, for the given frame,
to process target data, from the decoded audio signal representation, to obtain
conditioning feature parameters for the given frame; and

a styling element, configured to apply the conditioning feature parame-
ters to the first data or normalized first data
[wherein the second processing block, if present, may be configured to combine

the plurality of channels of the second data to obtain the audio signal],

[the at least one preconditioning learnable layer may include at least one recur-
rent learnable layer [e.g. a gated recurrent learnable layer, such as a gated recurrent
unit, GRU]]
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[e.g. configured to obtain the audio signal from the first output data or a pro-

cessed version of the first output data].

In examples above, some aspects relate to an audio generator configured so that the
bitrate of the audio signal is greater than the bitrate of both the target data and/or of

the first data and/or of the second data.

In examples above, some aspects relate to an audio generator, wherein the second
processing block is configured to increase the bitrate of the second data, to obtain the
audio signal [and/or wherein the second processing block is configured to reduce the

number of channels of the second data, to obtain the audio signal].

In examples above, some aspects relate to an audio generator, wherein the first pro-
cessing block is configured to up-sample the first data from a number of samples for
the given frame to a second number of samples for the given frame greater than the

first number of samples.

In examples above, some aspects relate to an audio generator, wherein the second
processing block is configured to up-sample the second data obtained from the first
processing block from a second number of samples for the given frame to a third num-
ber of samples for the given frame greater than the second number of samples.

In examples above, some aspects relate to an audio generator, configured to reduce
the number of channels of the first data from a first number of channels to a second
number of channels of the first output data which is lower than the first number of

channels.

In examples above, some aspects relate to an audio generator, wherein the second
processing block is configured to reduce the number of channels of the first output
data, obtained from the first processing block, from a second number of channels to a
third number of channels of the audio signal, wherein the third number of channels is
lower than the second number of channels.
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In examples above, some aspects relate to an audio generator, wherein the audio sig-
nal is a mono audio signal.

In examples above, some aspects relate to an audio generator, configured to obtain

the input signal from the audio signal representation.

In examples above, some aspects relate to an audio generator configured to obtain
the input signal from noise.

In examples above, some aspects relate to an audio generator, wherein the condition-

ing set of learnable layers comprises one or at least two convolution layers.

In examples above, some aspects relate to an audio generator, further comprising at
least one preconditioning learnable layer configured to receive the audio signal repre-
sentation, or a processed version thereof, and, for the given frame, output target data
representing the audio signal in the given frame [e.g. with multiple channels and mul-
tiple samples for the given frame]

In examples above, some aspects relate to an audio generator, wherein the at least
one preconditioning learnable layer is configured to provide the target data as a spec-
trogram or a decoded spectrogram.

In examples above, some aspects relate to an audio generator, wherein a first convo-
lution layer is configured to convolute the target data or up-sampled target data to ob-

tain first convoluted data using a first activation function.

In examples above, some aspects relate to an audio generator, wherein the condition-
ing learnable layer and the styling element are part of a weight layer in a residual block
of a neural network comprising one or more residual blocks.

In examples above, some aspects relate to an audio generator, wherein the audio
generator further comprises a normalizing element, which is configured to normalize
the first data.
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In examples above, some aspects relate to an audio generator, wherein the audio
generator further comprises a normalizing element, which is configured to normalize

the first data in the channel dimension.

In examples above, some aspects relate to an audio generator, wherein the audio sig-

nal is a voice audio signal.

In examples above, some aspects relate to an audio generator, wherein the target data
is up-sampled by a factor of a power of 2 or by another factor, such as 2.5 or a multiple
of 2.5.

In examples above, some aspects relate to an audio generator, wherein the target data

is up-sampled by non-linear interpolation.

In examples above, some aspects relate to an audio generator, wherein the first pro-
cessing block further comprises:

a further learnable layers, configured to process data derived from the first data
using a second activation function,

wherein the second activation function is a gated activation function.

In examples above, some aspects relate to an audio generator, where the further set

of learnable layers comprises one or two or more convolution layers.

In examples above, some aspects relate to an audio generator, wherein the second
activation function is a softmax-gated hyperbolic tangent, TanH, function. In examples
above, some aspects relate to an audio generator, wherein the first activation function

is a leaky rectified linear unit, leaky Relu, function.

In examples above, some aspects relate to an audio generator, wherein convolution

operations run with maximum dilation factor of 2.

In examples above, some aspects relate to an audio generator comprising eight first
processing blocks and one second processing block.
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In examples above, some aspects relate to an audio generator, wherein the first data

has one dimension which is lower than the audio signal.

In examples above, some aspects relate to an audio generator, wherein the target data

is a spectrogram.

In examples above, some aspects relate to an encoder, comprising:

an audio signal representation generator configured to generate, through at
least one learnable layer, an audio signal representation [e.g. using at least one learn-
able layer, e.g. a combination of a learnable layer and a deterministic layer] from an
input audio signal, the audio signal representation including a sequence of tensors
[each tensor may be a vector, but in case the tensor is a vector, it shall at least have
two dimensions; each tensor/vector may be a code];

a quantizer configured to convert each current tensor of the sequence of tensors
onto at least one index, wherein each index is obtained from at least one codebook
associating a plurality of tensors to a plurality of indexes:;

a bitstream writer configured to write packets in the bitstream, so that a current
packet includes the at least one index for the current tensor of the sequence of tensors,
wherein the encoder is configured to write redundancy information of the current tensor
in at least one preceding or following packet of the bitstream different from the current
packet.

In examples above, some aspects relate to an encoder, wherein the at least one code-
book associates parts of tensors to indexes, so that the quantizer converts the current
tensor onto a plurality of indexes.

In examples above, some aspects relate to an encoder, wherein the at least one code-
book [e.g. ze, re, ge] includes:
a base codebook [e.g. ze] associating main portions of tensors to indexes: and
at least one low-ranking codebook [e.g. a first low-ranking codebook, e.g. re and
maybe a second low-ranking codebook with ranking lower than the first low-ranking
codebook, and maybe a third low-ranking codebook with ranking lower than the second
low-ranking codebook; and maybe a fourth low-ranking codebook with ranking lower
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than the third low-ranking codebook; further codebooks are possible] associating re-
sidual portions of tensors to indexes,

wherein the at least one current tensor has at least one main portion and at
least one residual portion,

wherein the quantizer is configured to convert the main portion of the at least
one current tensor onto at least one high-ranking index, and the at least one residual
portion of the at least one tensor onto at least one low-ranking index,

so that the bitstream writer writes, in the bitstream, both the high-ranking index

and the at least one low-ranking index.

In examples above, some aspects relate to an encoder, configured to provide the re-
dundancy information with at least the high-ranking index(es) of the at least one pre-
ceding or following packet, but not at least the lowest-ranking low-ranking index(es) of
the same at least one preceding or following packet.

In examples above, some aspects relate to an encoder, configured to transmit the bit-

stream to a receiver [e.g. audio generator] through a communication channel.

In examples above, some aspects relate to an encoder, configured to monitor the pay-
load state of the communication channel, so as, in case the payload state in the com-
munication channel is over a predetermined threshold, to increase the quantity of re-

dundancy information.

In examples above, some aspects relate to an encoder, configured:

in case the payload in the communication channel is below the predetermined
threshold, to only transmit, as redundancy information, for each current packet, high-
ranking indexes of the at least one preceding or following packet; and

in case the payload of the communication channel is over the predetermined
threshold, to transmit, as redundancy information, for each current packet, both the
high-ranking indexes of the at least one preceding or following packet and at least
some low-ranking indexes of the same at least one preceding or following packet.

In examples above, some aspects relate to an encoder, configured to compute a
packet offset between the current packet and the at least one preceding or following
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packet having the redundant information at least in function of the payload of the com-

munication channel.

In examples above, some aspects relate to an encoder, configured to compute a
packet offset between the current packet and the at least one preceding or following
packet having the redundant information at least in function of the envisioned applica-

tion.

In examples above, some aspects relate to an encoder, configured to compute a
packet offset between the current packet and the at least one preceding or following
packet having the redundant information at least in function of an input provided by the

end-user.

In examples above, some aspects relate to an encoder, wherein the at least one
codebook includes a redundancy codebook associating a plurality of tensors to a plu-
rality of indexes, wherein the encoder is configured to write the redundancy information
of the current tensor in the at least one preceding or following packet of the bitstream
different from the current packet as an index received from the at least one quantization

codebook.

Further characterization of figures

Figs. 1a and 1b: they may, in some examples, refer to Neural End-to-End Speech
Codec (Fig. 1a) and proposed PLCNet (Fig. 1b)

Fig. 2: it may, in some examples, refer to a detailed block diagram of PLCNet (tensor
dimension is given in brackets)

Fig. 3: it may, in some examples, refer to Forward Error correction method for NESC
Fig. 4: MUSHRA Listening Test for PLC with NESC

Fig. 5: P.800 Listening Test for PLC and FEC with NESC

Variants

Some variants and/or additional or alternative aspects are here discussed.

The implementation in hardware or in software may be performed using a digital stor-
age medium, for example cloud storage, a floppy disk, a DVD, a Blu-Ray, a CD, a



10

15

20

25

30

WO 2024/132187 89 PCT/EP2022/087807

ROM, a PROM, an EPROM, an EEPROM or a FLASH memory, having electronically
readable control signals stored thereon, which cooperate (or are capable of cooperat-
ing) with a programmable computer system such that the respective method is per-

formed. Therefore, the digital storage medium may be computer readable.

Some examples according to the invention comprise a data carrier having electroni-
cally readable control signals, which are capable of cooperating with a programmable
computer system, such that one of the methods described herein is performed.

Generally, examples of the present invention may be implemented as a computer pro-
gram 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 examples comprise the computer program for performing one of the methods
described herein, stored on a machine-readable carrier. In other words, an example of
the 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 example of the methods is, therefore, a data carrier (or a digital storage me-
dium, or a computer-readable medium) comprising, recorded thereon, the computer
program for performing one of the methods described herein. A further example 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 example 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 example comprises
a computer having installed thereon the computer program for performing one of the
methods described herein.

In some examples, 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 examples, a field programmable gate array may cooperate
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with a microprocessor in order to perform one of the methods described herein. Gen-
erally, the methods are preferably performed by any hardware apparatus.

The above described examples are merely illustrative for the principles of the present exam-
ples. It is understood that modifications and variations of the arrangements and the dstails
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 pre-
sented by way of description and explanation of the examples herein.



10

15

20

25

30

WO 2024/132187 91 PCT/EP2022/087807

Claims
1. An audio signal representation decoder (1810, 1810a, 1810b) configured to de-
code an audio signal representation (1820a, 1820b) from a bitstream (1830, 1630), the
bitstream (1830, 1630) being divided in a sequence of packets, the audio signal repre-
sentation decoder (1810, 1810a, 1810b) comprising:

a bitstream reader (1802a, 1892b), configured to sequentially read the se-
guence of packets (1830, 1630),

a packet loss controller (1806a, 1806b) configured to check whether a current
packet (1830, 1630) is well received or is to be considered as lost;

a quantization index converter (1818a, 1818b), configured, in case the packet
loss controller (1806a, 1806b) has determined that the current packet (1830, 1630) is
well received, to convert at least one index (1804a, 1804b) extracted from the current
packet (1830, 1630) onto at least one current code (1820a, 1820b) from at least one
codebook, thereby forming at least one portion of the audio signal representation
(1820a, 1820b); and

wherein the audio signal representation decoder (1810, 1810a, 1810b) is con-
figured, in case the packet loss controller (1806a, 1806b) has determined that the cur-
rent packet is to be considered as lost, to generate, through at least one learnable
predictor layer, at least one current code by prediction (1810a, 1810b) from at least
one preceding code or index, thereby forming at least one portion of the audio signal
representation (1820a, 1820b).

2. The decoder claim 1, wherein the quantization index converter is configured to
convert a plurality of indexes onto a respective plurality of subtensors, then put together
the plurality of subtensors to obtain the at least one current code.

3. The decoder of claim 1 or 2, wherein the quantization index converter is config-
ured to convert a plurality of indexes onto at least one main portion of code and at least
one residual portion of code, then to compose the main portion of code and the at least

one residual portion of code to obtain the at least one current code.

4. The audio signal representation decoder of any of the preceding claims, wherein
the at least one codebook associates indexes to codes or parts of codes, so that the
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guantization index converter converts the at least one index extracted from the current

packet onto the at least one converted code, or at least one part of a converted code.

5. The audio signal representation decoder of any of the preceding claims, wherein
the at least one codebook includes:

a base codebook associating indexes to main portions of codes or high-ranking
subcodes; and

at least one low-ranking codebook associating indexes to residual portions of
codes or low-ranking subcodes,

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code or a high-ranking sub-
code, and the at least one low-ranking index onto at least one residual portion of the
current code or a or a low-ranking subcode, wherein the quantization index converter
is further configured to reconstruct the current code by adding the main portion to the
at least one residual portion or by putting together the high-ranking subcode with the
at least one low-ranking subcode.

6. The audio signal representation decoder of claim 5, configured to predict the
current code from at least the at least one high-ranking index of the at least one pre-
ceding or following packet, but not from at least one lowest-ranking index of the of the

at least one preceding or following packet.

7. The audio signal representation decoder of claim 5 or 6, configured to predict
the current code from at least the high-ranking index of the at least one preceding
packet and from at least one middle-ranking index, but not from the lowest-ranking

index of the of the at least one preceding packet.

8. The audio signal representation decoder of any of the preceding claims, config-
ured to store redundancy information written in packets of the bitstream but referring
to different packets, the audio signal representation decoder being configured to store
the redundancy information in a storage unit,
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wherein the audio signal representation decoder is configured, in case the at
least one current packet is to be considered as lost, to first search the storage unit,
and, in case the redundancy information referring to the at least one current packet is
retrieved, to:

retrieve at least one index from the redundancy information referring to the cur-
rent packet;

cause the quantization index converter to convert the at least one retrieved in-
dex from the at least one codebook onto a substitutive code, so as to be part of the

audio signal representation.

9. The audio signal representation decoder of claim 8, configured to perform the
prediction of the at least one current code only in case of the redundancy information

being not retrieved in the storage unit.

10.  The audio signal representation decoder of claim 8 or 9 when depending on any
of claims 5-7, wherein the redundancy information provides at least the high-ranking
index(es) of the at least one preceding or following packet, but not at least one of the
lower-ranking index(es) of the at least one preceding or following packet.

11.  The audio signal representation decoder of any of the preceding claims, further
comprising at least one learnable predictor (1200, 1810a, 1810b) configured to perform
the prediction, the at least one learnable predictor (1200, 1810a, 1810b) having at least
one learnable predictor layer (1210, 1212, 1214, 1216).

12.  The audio signal representation decoder of claim 11, wherein the at least one
learnable predictor (1200, 1810a, 1810b) is trained by sequentially predicting predicted
current codes, or respectively current indexes, from preceding and/or following pack-
ets, and by comparing the predicted current codes, or the current codes obtained from
predicted indexes, with converted codes converted from packets having been well re-
ceived, so as to learn learnable parameters of the at least one learnable predictor layer
which minimize errors of the predicted current codes with respect the converted codes

converted from the packets having correct format.
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13.  The audio signal representation decoder of any of claims 11-12, wherein the at
least one learnable predictor layer (1210) includes at least one recurrent learnable
layer (1212, 1214).

14. The audio signal representation decoder of any of claims 11-13, wherein the at
least one learnable predictor layer (1210) includes at least one gated recurrent unit
(1212, 1214).

15.  The audio signal representation decoder of any of claims 11-14, wherein the at
least one learnable predictor layer (1210) includes or is part of at least one neural

network.

16.  The audio signal representation decoder of any of claims 11-15, wherein the at
least one learnable predictor layer has at least one state (1222, 12221, 12222),

the at least one learnable predictor layer (1210) being iteratively instantiated,
along a sequential plurality of learnable predictor layer instantiations (1210),

in such a way that, to predict the at least one current code (1811a, 1811an), a
current learnable predictor layer instantiation (1210n) receives a state (1222, 12221,
12222) from at least one preceding learnable predictor layer instantiation which has
predicted at least one preceding code for at least one preceding packet.

17.  The audio signal representation decoder of claim 16, wherein, to predict the at
least one current code (1204, 1811a, 1811an), the current learnable predictor layer
instantiation (1210n) receives in input (1211):

the at least one preceding converted code (1820’an) in case the at least one
preceding packet is considered well received; and

the at least one preceding predicted code (1220'(n-1)) in case the at least one

preceding packet is considered as lost.

18.  The audio signal representation decoder of claim 17, wherein, to predict the
current code (1811an), the current learnable predictor layer instantiation (1210n) re-
ceives the state (1222, 12221, 12222) from the at least one preceding iteration both in
case the at least one preceding packet is considered well received and in case the at

least one preceding packet is considered as lost.
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19.  The audio signal representation decoder of any of claims 16-18, wherein the at
least one learnable predictor layer (1210) is configured to predict the current code
and/or to receive the state (1222) from the at least one preceding learnable predictor
layer instantiation both in case the at least one preceding packet is considered well
received and in case the at least one preceding packet is considered as lost, so as to
provide the predicted code and/or to output the state to at least one subsequent learn-

able predictor layer instantiation.

20. The audio signal representation decoder of any of claims 16-19, wherein the
current learnable predictor layer instantiation (1210n) includes at least one learnable
convolutional unit (1216).

21. The audio signal representation decoder of any of claims 16-20, wherein the
current learnable predictor layer instantiation (1210n) includes at least one learnable
recurrent unit (1212, 1214).

22. The audio signal representation decoder of claim 21, wherein the at least one
recurrent unit (1212, 1214) of the current learnable layer (1210n) is inputted with a
state from a correspondent at least one recurrent unit (1212, 1214) from the at least
one preceding learnable predictor layer instantiation, and outputs a state to a corre-
sponding at least one recurrent unit (1212, 1214) of at least one subsequent learnable
predictor layer instantiation.

23.  The audio signal representation decoder of any of claims 16-22, wherein the
current learnable predictor layer instantiation has a series of learnable layers.

24.  The audio signal representation decoder of claim 23, wherein for the current
learnable predictor layer instantiation, the series of learnable layers includes at least
one dimension-reducing learnable layer (1214) and at least one dimension-increasing
learnable layer (1216) subsequent to the at least one dimension-reducing learnable
layer.
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25. The audio signal representation decoder of claim 24, wherein the at least one
dimension-reducing learnable layer (1214) includes at least one learnable layer with a

state.

26. The audio signal representation decoder of any of claims 24-25, wherein the at
least one dimension-increasing learnable layer (1216) includes at least one learnable

layer without a state.

27. The audio signal representation decoder of any of claims 23-25, wherein the
series of learnable layers is gated.

28. The audio signal representation decoder of any of claims 23-27, wherein the

wherein the series of learnable layers is gated through a softmax activation function.

29. An audio signal representation decoder (1700) configured to decode an audio
signal representation (1720) from a bitstream (1630), the bitstream (1630) being di-
vided in a sequence of packets, the audio signal representation decoder (1700) com-
prising:

a bitstream reader (1702), configured to sequentially read the sequence of pack-
ets (1630), and to extract, from the at least one current packet:

at least one index (1704) of the at least one current packet; and

redundancy information (1612b, 1714) on at least one preceding or fol-
lowing packet, the redundancy information (1714) permitting to reconstruct at
least one index (1704), or information provided by the index, within the at least
one preceding or following packet;

a packet loss controller, PLC (1708), configured to check whether the at least
one current packet is well received or is to be considered as lost;

a quantization index converter (1718), configured to convert the at least one
index (1704) of the at least one current packet (1630) onto at least one current con-
verted code (1720) at least one codebook, thereby forming a portion of the audio signal
representation (1720);

a redundancy information storage unit (1710), configured to store the redun-
dancy information (1714) and to provide the stored redundancy information (1712) on
the at least one current packet in case the PLC (1706) has determined (1708) that the
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at least one current packet (1630) is to be considered as lost, to form a portion of the

audio signal representation (1720) through the redundancy information (1712).

30. The audio signal representation decoder of claim 29, wherein the quantization
index converter is configured to convert a plurality of indexes onto a respective plurality
of subtensors, then put together the plurality of subtensors to obtain the at least one

current code.

31.  The audio signal representation decoder of 29 or 30, wherein the quantization
index converter is configured to convert a plurality of indexes onto at least one main
portion of code and at least one residual portion of code, then to compose the main
portion of code and the at least one residual portion of code to obtain the at least one

current code.

32.  The audio signal representation decoder of any of claims 29-31, wherein the at
least one codebook associates indexes to codes or parts of codes, so that the quanti-
zation index converter converts the at least one index extracted from the current packet

onto the at least one converted code, or at least one part of a converted code.

33.  The audio signal representation decoder of any of claims 29-32, wherein the at
least one codebook includes:

a base codebook associating indexes to main portions of codes or high-ranking
subcodes; and

at least one low-ranking codebook associating indexes to residual portions of
codes or low-ranking subcodes,

wherein the at least one index extracted from the current packet includes at
least one high-ranking index and at least one low-ranking index,

wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code or a high-ranking sub-
code, and the at least one low-ranking index onto at least one residual portion of the
current code or a or a low-ranking subcode, wherein the quantization index converter
is further configured to reconstruct the current code by adding the main portion to the
at least one residual portion or by putting together the high-ranking subcode with the
at least one low-ranking subcode.
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34. The audio signal representation decoder of any of claims 29-33, configured to
read a signalling indicating a packet offset between the current packet and the at least
one preceding or following packet having the redundant information at least in function
of the payload of the communication channel, so that the redundancy information stor-
age unit (17100), or another component of the audio signal representation decoder,
reconstructs the packet to which the redundancy information refers and stores the re-
dundancy information associated with the packet to which the redundancy information

refers.

35. The audio signal representation decoder of any of claims 29-34, wherein the
redundancy information storage unit is configured to store, as redundancy information,
at least one index from a preceding or following packet, so as to provide, to the quan-
tization index converter, the stored at least one index in case the PLC has determined

that the at least one current packet is to be considered as lost.

36.  The audio signal representation decoder of claim 29-35, wherein the redun-
dancy information storage unit is configured to store, as redundancy information, at
least one code, or a part thereof, previously extracted from a preceding or following
packet, to bypass the quantization index converter using the stored code in case in
case the PLC has determined that the at least one current packet is to be considered
as lost.

37.  The audio signal representation decoder of any of claims 29-36, wherein the at
least one codebook associates indexes to codes or parts of codes, so that the quanti-
zation index converter converts the at least one index extracted from the current packet

onto the at least one converted code, or at least one part of a converted code.

38.  The audio signal representation decoder of any of claims 29-37, wherein the at
least one codebook includes:

a base codebook associating indexes to main portions of codes; and

at least one low-ranking codebook,

wherein the at least one index extracted from the current packet includes at

least one high-ranking index and at least one low-ranking index,
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wherein the quantization index converter is configured to convert the at least
one high-ranking index onto a main portion of the current code, or a high-ranking sub-
code, and the at least one low-ranking index onto at least one residual portion of the
current code, or a high-ranking subcode,

wherein the quantization index converter is further configured to reconstruct the
current code by adding the main portion to the at least one residual portion or by putting
together the at least one high-ranking subcode with the at least one low-ranking sub-
code or by putting together the at least one high-ranking subcode with the at least one
low-ranking subcode or by putting together the high-ranking subcode with the at least
one low-ranking subcode.

39.  The audio signal representation decoder of claim 38, configured to generate or
retrieve the at least one current code from at least the at least one high-ranking index
of the at least one preceding or following packet, but not from the lowest-ranking index
of the of the at least one preceding or following packet.

40.  The audio signal representation decoder of claim 38 or 39, configured to gener-
ate or retrieve the current code from at least the high-ranking index of the at least one
preceding or following packet and from at least one middle-ranking index, but not from
the lowest-ranking index of the of the at least one preceding or following packet.

41.  An audio generator for generating an audio signal from a bitstream, comprising

the audio signal representation decoder according to any of the preceding claims,

further configured to generate the audio signal by converting the audio signal
representation onto the audio signal.

42.  The audio generator of claim 41, further configured to render the generated au-
dio signal.

43.  The audio generator of claim 41 or 42 comprising:

a first data provisioner (702) configured to provide, for a given frame, first data
(15) derived from an input signal (14);
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a first processing block (40, 50, 50a-50h), configured, for the given frame, to
receive the first data (15) and to output first output data (69) in the given frame,

further comprising:

at least one conditioning learnable layer (71, 72, 73) configured, for the
given frame, to process target data (12), from the decoded audio signal repre-
sentation, to obtain conditioning feature parameters (74, 75); and

a styling element (77), configured to apply the conditioning feature pa-
rameters (74, 75) to the first data (15, 59a) or normalized first data (59, 76').

44.  The audio generator of any of the claims 41-43, configured to obtain the input

signal from noise (14).

45.  The audio generator of any of the claims 41-44, further comprising at least one
preconditioning learnable layer (710) configured to receive the audio signal represen-
tation (1720, 1820a, 1820b) and output target data (12) representing the audio signal.

46.  The audio generator of claim 45, wherein the at least one preconditioning learn-
able layer (710) is configured to provide the target data (12) as a spectrogram or a
decoded spectrogram. -

47.  The audio generator of any of the claims 41-46, wherein a first convolution layer
(71-73) is configured to convolute the target data (12) or up-sampled target data to
obtain first convoluted data (71') using a first activation function.

48.  The audio generator of any of the claims 41-47, further comprising a normalizing
element (76), which is configured to normalize the first data (59a, 15).

49. The audio generator of any of the claims 41-48, wherein the target data (12)
includes a spectrogram.

50.  Anencoder (1600, 1600a, 1600b), comprising:

an audio signal representation generator (1604) configured to generate, through
at least one learnable layer, an audio signal representation (1606) as a representation
of an audio signal (1602), the audio signal representation (1606) including a sequence
of tensors (1606);
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a quantizer (1608) configured to convert each current tensor (1606) of the se-
guence of tensors onto at least one index (1626), wherein each index is obtained from
at least one codebook (1620) associating a plurality of tensors to a plurality of indexes;

a bitstream writer (1628) configured to write packets in the bitstream (1630), so
that a current packet includes the at least one index (1626) for the current tensor (1606)
of the sequence of tensors,

wherein the encoder (1600) is configured to write redundancy information
(1612) of the current tensor (1606) in at least one preceding or following packet of the
bitstream (1630) different from the current packet and/or to write, in the current packet,
redundancy information (1612) of a tensor, different from the current tensor, in the
current packet.

51.  The encoder of claim 50, wherein the at least one codebook (1620, 1622, 1624)
associates parts of tensors to indexes, so that the quantizer (1608) converts the current
tensor (1606) onto a plurality of indexes (1626, 1623, 1625).

52. The encoder of any of claims 50-51, wherein the at least one codebook includes:
a base codebook (1622) associating main portions of tensors to indexes; and
at least one low-ranking codebook (1624) associating residual portions of ten-

sors to indexes (1623),
wherein the at least one current tensor (1606) has at least one main portion and

at least one residual portion,
wherein the quantizer (1608) is configured to convert the main portion of the at

least one current tensor onto at least one high-ranking index (1623), and the at least
one residual portion of the at least one tensor onto at least one low-ranking index

(1625),
so that the bitstream writer (1628) writes, in the bitstream (1620), both the high-

ranking index (1623) and the at least one low-ranking index (1625).

53. The encoder of claim 52, configured to provide the redundancy information
(1121) with at least the high-ranking index(es) (1623) of the at least one preceding or
following packet, but not at least the lowest-ranking low-ranking index(es) (1625) of the
same at least one preceding or following packet.
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54. The encoder of any of claims 50-53, configured to split the current tensor into a
plurality of subtensors, so as to quantize each subtensor.

55.  The encoder of any of claims 50-54, configured to decompose the current tensor
among a main portion and at least one residual portion, so as to quantize the main

portion and the at least one residual portion.

56.  The encoder of any of claims 50-55, configured to transmit the bitstream (1630)

to a receiver through a communication channel.

57.  The encoder of claim 56, configured to monitor the payload state (1643) of the
communication channel (1640), so as, in case the payload state (1643) in the commu-
nication channel (1644) is over a predetermined threshold, to increase the quantity of

redundancy information.

58.  The encoder of claim 57 when depending on at least claim 52, configured:

in case the payload in the communication channel (1640) is below the predeter-
mined threshold, to only transmit, as redundancy information, for each current packet,
high-ranking indexes of the at least one preceding or following packet; and/or

in case the payload (1643) of the communication channel (1640) is over the
predetermined threshold, to transmit, as redundancy information, for each current
packet, both the high-ranking indexes of the at least one preceding or following packet
and at least some low-ranking indexes of the same at least one preceding or following
packet.

59.  The encoder of claim 57 or 58, configured to compute a packet offset between
the current packet and the at least one preceding or following packet having the re-
dundant information at least in function of the payload of the communication channel.

60.  The encoder of any of claims 57-59, configured to compute a packet offset be-
tween the current packet and the at least one preceding or following packet having the
redundant information at least in function of the envisioned application.
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61. The encoder of any of claims 57-60, configured to compute a packet offset
between the current packet and the at least one preceding or following packet having

the redundant information at least in function of an input provided by the end-user.

5 62. The encoder of claim 58 or 59, configured to compute a packet offset between
the current packet and the at least one preceding or following packet having the
redundant information at least in function of the payload of the communication channel,
in such a way that the higher the payload in the communication channel, or the higher
the error rate in the communication channel, the higher the packet offset.

10
63. The encoder of any of claims 50-62, wherein the at least one codebook includes
a redundancy codebook (1620b) associating a plurality of tensors to a plurality of
indexes, wherein the encoder (1620b) is configured to write the redundancy
information (1612) of the current tensor (1606) in the at least one preceding or following
15 packet of the bitstream (1630) different from the current packet as an index received

from the at least one quantization codebook.

64. A method for decoding an audio signal representation from a bitstream, the method
including:

reading a sequence of packets comprised in the bitstream, and extracting, from
20  a current packet:

at least one index of the current packet;

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

25 checking whether the current packet is well received or is to be considered as
lost;

converting the at least one index of the current packet onto at least one current
converted code from at least one codebook, thereby forming a portion of the audio
signal representation;
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storing the redundancy information and providing the stored redundancy infor-
mation on the at least one current packet in case the checking has determined that the
at least one current packet is to be considered as lost, to form a portion of the audio

signal representation through the redundancy information.

65. A method for decoding an audio signal representation (1820a, 1820b) from a
bitstream (1830, 1630), the bitstream (1830, 1630) being divided in a sequence of
packets, the audio signal representation decoder (1810, 1810a, 1810b) comprising:

sequentially reading the sequence of packets (1830, 1630);

checking whether a current packet (1830, 1630) is well received or is to be con-

sidered as lost;

in case the checking has determined that the current packet (1830, 1630) is well
received, converting at least one index (1804a, 1804b) extracted from the current
packet (1830, 1630) onto at least one current code (1820a, 1820b) from at least one
code-book, thereby forming at least one portion of the audio signal representation
(1820a, 1820b); and

in case the packet loss controller (1806a, 1806b) has determined that the cur-
rent packet is to be considered as lost, generating, through at least one learnable pre-
dictor layer, at least one current code by prediction (1810a, 1810b) from at least one
preceding code or index.

66. A method comprising:

generating, through at least one learnable layer, an audio signal representation
as a representation of an audio signal, the audio signal representation including a se-

guence of tensors;

converting each current tensor of the sequence of tensors onto at least one
index, wherein each index is obtained from at least one codebook associating a plu-
rality of tensors to a plurality of indexes;

writing packets in a bitstream, so that a current packet includes the at least one
index for the current tensor of the sequence of tensors,
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wherein the method includes writing redundancy information of the current ten-
sor in at least one preceding or following packet of the bitstream different from the
current packet, and/or writing, in the current packet, redundancy information of at least
one tensor to be written in at least one preceding or following packet of the bitstream
different from the current packet.

67. A non-transitory storage unit storing instructions which, when executed by a
computer, cause the computer to:

extract, from a current packet:
at least one index of the current packet; and

redundancy information on at least one preceding or following packet,
the redundancy information permitting to reconstruct at least one index within
the at least one preceding or following packet;

check whether the current packet is well received or is to be considered as lost;

convert the at least one index of the current packet onto at least one current
converted code from at least one codebook, thereby forming a portion of the audio

signal representation;

control the storing of the redundancy information and retrieved the stored re-
dundancy information on the at least one current packet in case the checking has de-
termined that the at least one current packet is to be considered as lost, to form a
portion of the audio signal representation through the redundancy information.

68. A non-transitory storage unit storing instructions which, when executed by a
computer, cause the computer to:

sequentially read a sequence of packets (1830, 1630);

check whether a current packet (1830, 1630) is well received or is to be consid-
ered as lost;

in case the check has determined that the current packet (1830, 1630) is well
received, convert at least one index (1804a, 1804b) extracted from the current packet
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(1830, 1630) onto at least one current code (1820a, 1820b) from at least one code-
book, thereby forming at least one portion of the audio signhal representation (1820a,
1820b); and

in case the check has determined that the current packet is to be considered as
lost, generate, through at least one learnable predictor layer, at least one current code

by prediction (1810a, 1810b) from at least one preceding code or index.

69. A non-transitory storage unit storing instructions which, when executed by a

computer, cause the computer to:

generate, through at least one learnable layer, an audio signal representation
as a representation of an audio signal, the audio signal representation including a se-

quence of tensors;

convert each current tensor of the sequence of tensors onto at least one index,
wherein each index is obtained from at least one codebook associating a plurality of

tensors to a plurality of indexes;

write packets in a bitstream, so that a current packet includes the at least one

index for the current tensor of the sequence of tensors,

write redundancy information of the current tensor in at least one preceding or
following packet of the bitstream different from the current packet, and/or writing, in the
current packet, redundancy information of at least one tensor to be written in at least
one preceding or following packet of the bitstream different from the current packet.



