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Apparatus and method for harmonicity-dependent tilt control of scale parameters in

an audio encoder

Description
The present invention is related to audio processing and, particularly, to audio pro-

cessing operating in a spectral domain using scale parameters for spectral bands. In
examples, the invention refers to an apparatus and method for harmonicity-dependent filt
control of scale parameters in an audio encoder. E.g. the invention refers to an encoder or

a method for encoding.

Prior art 1: Advanced Audio Coding (AAC)
In one of the most widely used state-of-the-art perceptual audio codec, Advanced Audio

Coding (AAC) [1-2], spectral noise shaping is performed with the help of so-called scale
factors.

In this approach, the MDCT spectrum is partitioned into a number of non-uniform scale
factor bands. For example at 48kHz, the MDCT has 1024 coefficients and it is parti-
tioned into 49 scale factor bands. In each band, a scale factor is used to scale the
MDCT coefficients of that band. A scalar quantizer with constant step size is then em-
ployed to quantize the scaled MDCT coefficients. At the decoder-side, inverse scaling
is performed in each band, shaping the quantization noise introduced by the scalar

quantizer.

The 49 scale factors are encoded into the bitstream as side-information. It usually re-
quires a significantly high amount of bits for encoding the scale factors, due to the rel-
atively high number of scale factors and the required high precision. This can become
a problem at low bitrate and/or at low delay.

Prior art 2: MDCT-based TCX

In MDCT-based TCX, a transform-based audio codec used in the MPEG-D USAC [3]
and 3GPP EVS [4] standards, spectral noise shaping is performed with the help of a
LPC-based perceptual filer, the same perceptual filter as used in recent ACELP-based
speech codecs (e.g. AMR-WB).
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In this approach, a set of 16 LPCs is first estimated on a pre-emphasized input signal.
The LPCs are then weighted and quantized. The frequency response of the weighted
and quantized LPCs is then computed in 64 uniformly spaced bands. The MDCT coef-
ficients are then scaled in each band using the computed frequency response. The
scaled MDCT coefficients are then quantized using a scalar quantizer with a step size
controlled by a global gain. At the decoder, inverse scaling is performed in every 64
bands, shaping the quantization noise introduced by the scalar quantizer.

This approach has a clear advantage over the AAC approach: it requires the encoding
of only 16 (LPC) + 1 (global-gain) parameters as side-information (as opposed to the
49 parameters in AAC). Moreover, 16 LPCs can be efficiently encoded with a small
number of bits by employing a LSF representation and a vector quantizer. Conse-
quently, the approach of prior art 2 requires less side-information bits as the approach
of prior art 1, which can makes a significant difference at low bitrate and/or low delay.

However, this approach has also some drawbacks. The first drawback is that the fre-
quency scale of the noise shaping is restricted to be linear (i.e. using uniformly spaced
bands) because the LPCs are estimated in the time-domain. This is disadvantageous
because the human ear is more sensible in low frequencies than in the high frequen-
cies. The second drawback is the high complexity required by this approach. The LPC
estimation (autocorrelation, Levinson-Durbin), LPC quantization (LPC<->LSF conver-
sion, vector quantization) and LPC frequency response computation are all costly op-
erations. The third drawback is that this approach is not very flexible because the LPC-
based perceptual filter cannot be easily modified and this prevents some specific tun-
ings that would be required for critical audio items.

Prior art 3: Improved MDCT-based TCX

Some recent work has addressed the first drawback and partly the second drawback
of prior art 2. It was published in US 9595262 B2, EP2676266 B1. In this new approach,
the autocorrelation (for estimating the LPCs) is no more performed in the time-domain
but it is instead computed in the MDCT domain using an inverse transform of the MDCT
coefficient energies. This allows using a non-uniform frequency scale by simply group-
ing the MDCT coefficients into 64 non-uniform bands and computing the energy of each
band. It also reduces the complexity required to compute the autocorrelation.
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Prior art 4: WO2019091573

WO02019091573 discloses an encoding apparatus in which scale parameters, used for
spectral noise shaping, require small side information and has small computation com-
plexity. See also the standards [5] and [6]. The scale factors are obtained from the band
energies, where the band energies are obtained from the MDCT coefficients and nor-
malized using band widths. In one aspect of WO2019091573, the pre-emphasis with
fixed tilt is applied on the band energies to reduce quantization noise in low-frequen-
cies. Different tilt is optimal for different types of signals and the fixed tilt of the pre-
emphasis is not well suited for all types of signals, requiring a compromise in choosing
it and this is not addressed in WO2019091573, [5], [6]. E.g. optimal pre-emphasis tilt is
different for harmonic and for transient like signals. Further the MDCT spectra has tem-
poral variation for constant amplitude signals which leads to temporal variation of SNS
scale factors even for constant amplitude signals and this is also not addressed in
WQO2019091573, [5], [6]. This variation leads to temporally varying quantization of con-
stant amplitude signals and thus to quality degradation. The normalization of the band
energies with the band widths, as used in WO2019091573,[5],[6], can be avoided, by
adapting the pre-emphasis tilt and thus achieving computational complexity reduction.

WO02019091573 discloses an encoding apparatus in which downsampling of scale pa-
rameters is carried out. See also the standards [5] and [6]. However, there is no control
of pre-emphasis tilt based on harmonicity.

Aspects
According to an aspect, there is provided an Apparatus for encoding an audio signal, com-
prising:

a converter for converting the audio signal into a spectral representation;

a scale parameter calculator for calculating a set of scale parameters based on
the audio signal;

a spectral processor for processing the spectral representation, or at least part
thereof, using the set of scale parameters, or a modified version thereof;

a scale parameter encoder for generating an encoded representation of the
scale parameters, or of the modified version of the scale parameters, wherein the
scale parameter calculator is configured to calculate an amplitude-related measure
for each band to obtain a set of amplitude-related measures, the scale parameter
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calculator being configured to perform a pre-emphasis operation to the set of ampli-
tude-related measures, so that low frequency amplitudes are emphasized with re-
spect to high frequency amplitudes according to a tilt value, or a pre-emphasis fac-
tor, wherein the scale parameter calculator is configured to control the tilt value, or
the pre-emphasis factor, based on a harmonicity measure of the audio signal, to
thereby obtain the set of scale parameters; and

an output interface to generate an encoded audio signal comprising information
on an encoded representation of the spectral representation, or the at least part
thereof, and information on the encoded representation of the scale parameters or
of the modified version of the scale parameters.

The apparatus may be configured to obtain the harmonicity measure of the audio signal as
an autocorrelation of the audio signal.

The apparatus may be configured to obtain the harmonicity measure of the audio signal

using a normalized autocorrelation measurement of the audio signal.

The apparatus may be such that the harmonicity measure of the audio signal is a value
between 0 and a value different from zero, so that a lower harmonicity is closer to 0 than a
higher harmonicity.

The scale parameter calculator may be configured so that a comparatively higher value of
the harmonicity measure of the audio signal causes a higher tilt value, or a higher pre-

emphasis factor, than a comparatively lower value of the harmonicity measure.

The apparatus may be such that the scale parameter calculator is configured to process the
amplitude-related measures to verify

(b'gtilt g )
Ep(b) = Eg(b) - d¥ nomb 7,

I
* Btilt '8

where 2 T is the tilt value, which is an exponent applied to d, where h is fixed, g = 0

is, or is derived from, the harmonicity measure, g is pre-defined, b is an index indicating
the band out of nb+1 bands in such a way that a higher frequency band has a higher index
than a lower frequency band, E¢(b) is the set of amplitude-related measures and E,(b) is a

pre-emphasized energy per band.
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The apparatus may be such that the scale parameter calculator is configured to process the
amplitude-related measures by applying the tilt value to be proportional with at least the
harmonicity measure, or the pre-emphasis factor to be obtained by raising a constant num-
ber with an exponent proportional with at least the harmonicity measure.

The apparatus may be such that the scale parameter calculator is configured to process the
amplitude-related measures by applying the tilt value to be proportional with at least an
index which increases with higher bands, or the pre-emphasis factor obtained by raising a
constant number with an exponent proportional with at least an index which increases with

higher bands.

The apparatus may be such that the scale parameter calculator is configured to process the
amplitude-related measures by applying the tilt value, or the pre-emphasis factor, to be
dependent on the bandwidth of the spectral representation.

The apparatus may be such that the scale parameter calculator is configured to process the
amplitude-related measures by applying the tilt value to be linear with the harmonicity meas-
ure, or pre-emphasis factor to be obtained by raising a constant number with an exponent

which is linear with the harmonicity measure.

The apparatus may be such that the scale parameter calculator is configured to obtain the
amplitude-related measures from a squared magnitude spectrum of the audio signal.

The apparatus may be such that each amplitude-related measure is obtained as an integral,
or a sum, of squared magnitude values of the spectrum of the audio signal.

The apparatus may be such that the integral, or sum, of the squared magnitude values of
the spectrum of the audio signal is not normalized using the width of each band.

The apparatus may be such that the integral, or sum, of the squared magnitude values of
the spectrum of the audio signal is obtained, for each index, by a sum of a squared modified
discrete cosine transform, MDCT, coefficient and a squared modified discrete cosine trans-
form, MDST, coefficient.

The apparatus may be such that the converter is configured to perform an MDCT transfor-

mation and an MDST transformation, to provide MDCT coefficients and MDST coefficients,
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wherein the amplitude-related measure for each band is obtained as sum of magnitudes of
the MDCT coefficients, or a squared version(s) thereof, and magnitudes of the MDST coef-
ficients, or a squared version(s) thereof.

The apparatus may be such that the scale parameter calculator is configured to control the
tilt value or the pre-emphasis factor based on a long term predictor, LTP, parameter or on
a long term post-filter LTPF parameter as the harmonicity measure of the audio signal.

The apparatus may be such that the scale parameter calculator is configured to control the
tilt value or the pre-emphasis factor based on a spectral flatness measure as the harmon-
icity measure of the audio signal.

The apparatus may be configured to quantize the harmonicity measure of the audio signal,
s0 as to control the tilt value or the pre-emphasis factor based on quantized version of the
harmonicity measure of the audio signal.

The apparatus may further comprise a downsampler to downsample the set of scale pa-
rameters, which is a first set of scale parameters, to obtain a second set of scale parame-
ters, which is, or is comprised in, the modified version of the first set of scale parameters,
the second set of scale parameters having a second number of scale parameters which is
lower than a first number of scale parameters of the first set of scale parameters, wherein
the scale parameter encoder is configured to generate the encoded representation of the
second set of scale parameters as the encoded representation of the modified version of
the scale parameters.

The apparatus may further comprise a downsampler to downsample the set of scale pa-
rameters, which is a first set of scale parameters, to obtain a second set of scale parame-
ters, the second set of scale parameters having a second number of scale parameters which
is lower than a first number of scale parameters of the first set of scale parameters,
wherein the spectral processor is configured to process the spectral representation,
or the at least part thereof, using a third set of scale parameters, which is, or is comprised
in, the modified version of scale parameters, the second set of scale parameters having a
second number of scale parameters which is lower than a third number of scale parameters

of the second set of scale parameters.
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The apparatus may be such that the spectral processor is configured to determine this third
set of scale parameters so that the third number is equal to the first number.

The apparatus may be such that the scale parameter calculator is configured to

calculate, for each band of a plurality of bands of the spectral representation, the
amplitude-related measures in a linear domain to obtain a first set of linear domain
measures;

to transform the first set of linear-domain measures into a log-like domain to ob-
tain the first set of log-like domain measures; and

wherein the downsampler is configured to downsample the first set of scale fac-
tors in the log-like domain to obtain the second set of scale factors in the log-like

domain.

The apparatus may be such that the spectral processor is configured to use the first set of
scale parameters in the linear domain for processing the spectral representation or to inter-
polate the second set of scale parameters in the log-like domain to obtain interpolated log-
like domain scale factors and to transform the log-like domain scale factors into a linear
domain to obtain the third set of scale parameters.

The apparatus may be such that the scale parameter calculator is configured to calculate
the first set of scale parameters for non-uniform bands, and

wherein the downsampler is configured to downsample the first set of scale param-
eters to obtain a first scale factor of the second set by combining a first group having a first
predefined number of frequency adjacent scale parameters of the first set, and wherein the
downsampler is configured to downsample the first set of scale parameters to obtain a sec-
ond scale parameter of the second set by combining a second group having a second pre-
defined number of frequency adjacent scale parameters of the first set, wherein the second
predefined number is equal to the first predefined number, and wherein the second group
has members that are different from members of the first predefined group.

The apparatus may be such that the first group of frequency adjacent scale parameters of
the first set and the second group of frequency adjacent scale parameters of the first set
have at least one scale parameter of the first set in common, so that the first group and the
second group overlap with each other.
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The apparatus may be such that the downsampler is configured to use an average opera-

tion among a group of first scale parameters, the group having two or more members.

The apparatus may be such that the average operation is a weighted average operation
configured to weight a scale parameter in a middle of the group stronger than a scale pa-
rameter at an edge of the group.

The apparatus may be such that the downsampler is configured to perform a mean value
removal so that the second set of scale parameters is mean free.

The apparatus may be such that the downsampler is configured to perform a scaling oper-
ation using a scaling factor lower than 1.0 and greater than 0.0 in a log-like domain.

The apparatus may be configured to provide a second set of quantized scale factors asso-
ciated with the encoded representation, and

wherein the spectral processor is configured to derive the second set of scale factors from
the second set of quantized scale factors.

The apparatus may be configured to quantize and encode the second set using a vector
quantizer, wherein the encoded representation comprises one or more indices for one or

more vector quantizer codebooks.

The apparatus may be such that the spectral processor is configured to determine an inter-
polated scale factor based on a quantized scale factor and a difference between the quan-
tized scale factor and a next quantized scale factor in an ascending sequence of quantized
scale factors with respect to frequency.

The apparatus may be such that the spectral processor is configured to determine, from the
quantized scale factor and the difference, at least two interpolated scale factors, wherein
for each of the two interpolated scale factors, a different weighting factor is used.

The apparatus may be such that the weighting factors increase with increasing frequencies
associated with the interpolated scale factors.

The apparatus may be such that the spectral processor is configured to perform an interpo-

lation operation in a log-like domain, and
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to convert interpolated scale factors into a linear domain to obtain the third set of scale

parameters.

The apparatus may be such that the scale parameter calculator is configured to calculate
an amplitude-related measure for each band to obtain a set of amplitude-related measures,
and

to smooth, the energy-related measures to obtain a set of smoothed amplitude-related
measures as the set of scale factors.

The apparatus may be such that the scale parameter calculator is configured to calculate
an amplitude-related measure for each band to obtain a set of amplitude-related measures,
and

to perform a pre-emphasis operation to the set of amplitude-related measures, wherein the
pre-emphasis operation is so that low frequency amplitudes are emphasized with respect
to high frequency amplitudes.

The apparatus may be such that the scale parameter calculator is configured to calculate
an amplitude-related measure for each band to obtain the set of amplitude-related
measures, and

to perform a noise-floor addition operation, wherein a noise floor is calculated from an am-
plitude-related measure derived as a mean value from two or more frequency bands of the
spectral representation.

The apparatus may be such that the scale factor calculator is configured to perform at least
one of a group of operations, the group of operations comprising performing a smoothing
operation, performing a pre-emphasis operation, performing a noise-floor addition opera-
tion, and performing a log-like domain conversion operation to obtain the first set of scale

parameters.

The apparatus may be such that the spectral processor is configured to scale spectral val-
ues in the spectral representation using the set of scale factors, or modified version thereof,
to obtain a scaled spectral representation and to apply a temporal noise shaping (TNS)
operation onto the scaled spectral representation, and

wherein the spectral processor is configured to quantize and encode a result of the temporal
noise shaping operation to obtain the encoded representation of the spectral representation.
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The apparatus may be such that the converter uses an analysis window to generate a se-
quence of blocks of windowed audio samples, and a time-spectrum converter for converting
the blocks of windowed audio samples into a sequence of spectral representations, a spec-
tral representation being a spectral frame or a spectrum of the audio signal.

The apparatus may be such that the converter is configured to apply a modified discrete
cosine transform, MDCT, operation to obtain an MDCT spectrum from a block of time do-
main samples, or

wherein the scale factor calculator is configured to calculate, for each band, an energy of
the band, the calculation comprising squaring spectral lines, adding squared spectral lines,
or

wherein the spectral processor is configured to scale spectral values of the spectral repre-
sentation or to scale spectral values derived from the spectral representation in accordance
with a band scheme, the band scheme being identical or different to the band scheme used
in calculating the set of scale factors by the scale factor calculator , or

wherein a number of bands is 64, a first number is 64, a second number is 16, and a third
number is 64, or

wherein the spectral processor is configured to calculate a global gain for all bands and to
quantize the spectral values subsequent to a scaling involving the third number of scale
factors using a scalar quantizer, wherein the spectral processor is configured to control a
step size of the scalar quantizer dependent on the global gain.

In accordance to an aspect, the scale parameter calculator may obtain the set of amplitude-
related measures as a set of energies per bands.

In accordance to an aspect, the converter may perform a first conversion to obtain a first
part of the spectral representation and a second conversion to obtain a second part of the
spectral representation, or wherein the converter is configured to perform a single conver-
sion to obtain the spectral representation that has a first part of the spectral representation
and a second part of the spectral representation, wherein the first part of the spectral rep-
resentation is provided to the spectral processor, and the second part of the spectral repre-
sentation is not processed by the spectral processor, and both the first part of the spectral
representation and the second part of the spectral representation are provided to the scale
parameter calculator to calculate the set of scale parameters based on both the first part of
the spectral representation and the second part of the spectral representation.
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In accordance to an aspect, the first part of the spectral representation is formed by MDCT
coefficients and the second part of the spectral representation is formed by MDST coeffi-
cients, or the first part of the spectral representation is formed by MDST coefficients and
the second part of the spectral representation is formed by MDCT coefficients.

In accordance to an aspect, the scale parameter calculator may be configured to obtain the
amplitude-related measures from the first part of the spectral representation, squared,
summed to the second part of the spectral representation, squared.

In accordance to an aspect, the scale parameter calculator is configured to obtain the am-
plitude-related measures from the spectral representation, or at least part thereof.

In accordance to an aspect, there is provided a method for encoding an audio signal, com-
prising:

converting the audio signal into a spectral representation;

calculating a set of scale parameters based on the audio signal;

processing the spectral representation, or at least part thereof, using the set of scale
parameters, or a modified version thereof;

generating an encoded representation of the scale parameters, or of the modified
version of the scale parameters;

wherein calculating includes calculating an amplitude-related measure for each
band to obtain a set of amplitude-related measures, wherein calculating comprises perform-
ing a pre-emphasis operation to the set of amplitude-related measures, so that low fre-
quency amplitudes are emphasized with respect to high frequency amplitudes according to
a tilt value, or according to a pre-emphasis factor, wherein calculating comprises controlling
the tilt value or controlling the pre-emphasis factor based on a harmonicity measure of the
audio signal, to thereby obtain the set of scale parameters;

generating an encoded audio signal comprising information on an encoded repre-
sentation of the spectral representation, or the at least part thereof, and information on the
encoded representation of the scale parameters or of the modified version of the scale pa-

rameters.

In accordance to an aspect, there is provided a non-transitory storage unit storing instruction
which, when executed by a processor, cause the processor to control or perform the method
above.



10

15

20

25

30

35

12
WO 2024/223042 PCT/EP2023/061055

Drawings
Preferred embodiments of the present invention are subsequently described in more

detail with respect to the accompanying drawings, in which:

Fig. 1a is a block diagram of an apparatus for encoding an audio signal.

Fig. 1b is another block diagram of an apparatus for encoding an audio signal
Fig. 1c is a variant of Fig. 1a.

Fig. 1d is a variant of Fig. 1b.

Fig. 1e is a variant of Fig. 1a.

Fig. 1f is a variant of Fig. 1b.

Fig. 2 is a schematic representation of a preferred implementation of the scale

factor calculator of Fig. 1;
Fig. 3 is a schematic representation of a preferred implementation of the
downsampler of Fig. 1;

Fig. 4 is a schematic representation of the scale factor encoder of Fig. 4;
Fig. 5 is a schematic illustration of the spectral processor of Fig. 1;
Fig. 6 illustrates a general representation of an encoder on the one hand and a

decoder on the other hand implementing spectral noise shaping (SNS);
Fig. 7 illustrates a more detailed representation of the encoder-side on the one

hand and the decoder-side on the other hand where temporal noise shap-

ing (TNS) is implemented together with spectral noise shaping (SNS);

Fig. 8 illustrates a block diagram of an apparatus for decoding an encoded au-
dio signal;
Fig. 9 illustrates a schematic illustration illustrating details of the scale factor

decoder, the spectral processor and the spectrum decoder of Fig. 8;
Fig. 10 illustrates a subdivision of the spectrum into 64 bands;
Fig. 11 illustrates a schematic illustration of the downsampling operation on the
one hand and the interpolation operation on the other hand;

Fig. 12a illustrates a time-domain audio signal with overlapping frames;
Fig. 12b illustrates an implementation of the converter of Fig. 1; and

Fig. 12¢ illustrates a schematic illustration of the converter of Fig. 8.

Fig. 13 is a block diagram of an apparatus for encoding an audio signal.
Fig. 14 shows a technique for performing pre-emphasis.

Fig. 15 shows an example of frequency band division of an audio signal.
Fig. 16 shows an example of decoder.

Fig. 17 shows a technique for locating pitch contour parameters.
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It is anticipated that, with the present invention, a pre-emphasis is performed to be de-
pendent on the harmonicity of the audio signal.
Figs. 1a to 1e show, respectively, two examples of apparatus (300a, 300b, 300c¢, 300d,
300e, 300f) for encoding an audio signal (160), comprising:
a converter (100) for converting the audio signal (160) into a spectral represen-
tation (100°);
a scale parameter calculator (110) for calculating a set of scale parameters (171)
based on the audio signal (160);
a spectral processor (120) for processing the spectral representation (100°) us-
ing the set of scale parameters (171), or a modified version (110" in Fig. 1a, such as
172, 173) of the set of scale parameters (e.g. 171 in Fig. 1a);
a scale parameter encoder (140) for generating an encoded representation
(140’) of the scale parameters, or of the modified version of the scale parameters
(171);
wherein the scale parameter calculator (110) is configured to calculate an am-
plitude-related measure (e.g. energy per band) for each band to obtain a set of am-
plitude-related measures, the scale parameter calculator (110) being configured to
perform (113) a pre-emphasis operation to the set of amplitude-related measures,
so that low frequency amplitudes are emphasized with respect to high frequency
amplitudes according to a tilt value, or according to a pre-emphasis factor,
wherein the scale parameter calculator (110) is configured to control the tilt
value, or the pre-emphasis factor, based on a harmonicity measure (163) of the au-
dio signal (160), to thereby obtain the set of scale parameters (171);
an output interface (150) to generate an encoded audio signal (170) comprising
information on an encoded representation (120°) of the spectral representation (100°)
and information on the encoded representation (e.g. 140°) of the scale parameters
(171) or of the modified version of the scale parameters (100", e.g. 172 or 173).

Figs. 1a, 1b, 1c, 1d, 1e, 1f illustrate an apparatuses 300a, 300b, 300c, 300d, 300e, 300f
(respectively) for encoding an audio signal 160. The audio signal 160 preferably is available
in the time-domain, although other representations of the audio signal 160 such as a pre-
diction-domain or any other domain would principally also be useful. The apparatus 300a
or 300b may comprise a converter 100, a scale factor calculator 110, a spectral processor
120, an optional downsampler 130 (only in the variant 300a of Fig. 1a), a scale factor en-

coder 140 and an output interface 150. The converter 100 is configured for converting the
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audio signal 160 into a spectral representation 100’. The scale factor calculator 110 is con-
figured for calculating a first set of scale parameters or scale factors (171) from the spectral
representation 100’

Figs. 1¢, 1d, 1e, 1f show variants 300c, 300d, 300e, 300f. The apparatus 300c¢ of Fig. 1cis
a variant of the apparatus 300a: there is only shown that the harmonicity measure 163 is
obtained by a harmonicity measurer 162, which in turns acquires the harmonicity from the
original version 160 (e.g. in the time domain) of the audio signal. This can be carried out
also in Fig. 1a, which does not show the origin of the harmonicity measure 163 for the sake
of simplicity. It is to be noted that, in some examples (e.g. in Fig. 1a but not in Fig. 1¢) the
harmonicity measure may be obtained, for example, from the spectral representation 100’,
or a part of it. The apparatus 300d of Fig. 1d is a variant of the apparatus 300c, and, like in
Fig. 1c, there is shown the harmonicity measurer 162 acquiring a harmonicity measure 163
from the time-domain version 160 of the audio signal. An example of harmonicity measurer
162 will be provided in Fig. 13, as get-pitch-contour block 162, which provides a harmonicity
measure 163 besides providing a pitch contour 164.

Figs. 1e and 1f are variants, respectively, of Figs. 1a (or 1¢) and 1b (or 1d). Figs. 1e and 1f
show that the converter 100 converts the audio signal 160 into a spectral representation
which has a first part 100’ (e.g., MDCT coefficients) and a second part 100" (e.g. MDST
coefficients): the first part 100’ may be submitted to the spectral processor 120, so that the
spectral processor 120 provides the encoded representation (120°) of the spectral repre-
sentation (100’) based on the first part 100’ but not on the second part 100”. However (as
shown, for example, in Fig. 13), both the first part 100’ and second part 100” of the spectral
representation are provided to the scale parameter calculator 120, so that the set of scale
parameters 171 (and/or the processed or downsampled version thereof, e.g. 172,173, 140’)
is obtained based on both the first part 100’ and second part 100” of the spectral represen-
tation of the audio signal 160.

Throughout the specification, the term “scale factor” or “scale parameter” (171) is used in
order to refer to the same parameter or value, i.e., a value or parameter that is, subsequent
to some processing, used for weighting some kind of spectral values (mathematically, it will
be expressed as gsns, for example). This weighting, when performed in the linear domain
is actually a multiplying operation with a scaling factor. However, when the weighting is
performed in a logarithmic domain, then the weighting operation with a scale factor is done

by an actual addition or subtraction operation. Thus, in the terms of the present application,
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scaling does not only mean multiplying or dividing but also means, depending on the certain
domain, addition or subtraction or, generally means each operation, by which the spectral
value, for example, is weighted or modified using the scale factor or scale parameter.

The downsampler 130 (optional) of the apparatus 300a (or 300c or 300e) of Fig. 1a (or Fig.
1c or Fig. 1e) is configured for downsampling the first set of scale parameters 171 to obtain
a second set of scale parameters (indicated with 110", and which may be instantiated by
either 172 or 173 according to the particular example), wherein a second number of the
scale parameters in the second set of scale parameters 172 is lower than a first number of
scale parameters in the first set of scale parameters 171. This is also outlined in the box in
Fig. 1a (and Fig. 1c and Fig. 1e) stating that the second number is lower than the first
number. As illustrated in Fig. 1a (and Fig. 1¢ and Fig. 1e), the scale factor encoder 140 is
configured for generating an encoded representation 140’ of the second set of scale factors
(172), and this encoded representation 140’ is forwarded to the output interface 150. Due
to the fact that the second set of scale factors 172 has a lower number of scale factors than
the first set of scale factors 171, the bitrate for transmitting or storing the encoded repre-
sentation of the second set of scale factors is lower compared to a situation, in which the
downsampling of the scale factors performed in the downsampler 130 would not have been
performed. It is notwithstanding notable that the downsampler 130 may be skipped, and the
scale factors may be provided to the spectral processor 120 directly through line 171.

Furthermore, the spectral processor 120 of the apparatus 300a (or 300c or 300e) of Fig. 1a
(or Fig. 1c or Fig. 1e) may be optionally configured for processing the spectral representa-
tion 100’ output by the converter 100 in Fig. 1a (or Fig. 1c or Fig. 1e) using a third set of
scale parameters 173, the third set of scale parameters or scale factors 173 having a third
number of scale factors being greater than the second number of scale factors 172, wherein
the spectral processor 120 may be optionally configured to use, for the purpose of spectral
processing the first set of scale factors as already available from block 110 via line 171.
Alternatively, the spectral processor 120 may be optionally configured to use the second
set of scale factors 172 as output by the optional downsampler 130 for the calculation of the
third set of scale factors as illustrated by line 172. In a further implementation, the spectral
processor 120 optionally uses the encoded representation 140” output by the scale fac-
tor/parameter encoder 140 for the purpose of calculating the third set of scale factors as
illustrated by line 173 in Figs. 1a-1f. Preferably, the spectral processor 120 does not use
the first set of scale factors 171, but uses either the second set of scale factors 172 as
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calculated by the downsampler 130 or even more preferably uses the encoded representa-
tion 140 or, generally, the quantized second set of scale factors and, then, performs an
interpolation operation to interpolate the quantized second set of spectral parameters to
obtain the third set of scale parameters that has a higher number of scale parameters due
to the interpolation operation.

Thus, the encoded representation 140” of the second set of scale factors 172 that is output
by block 140 either comprises a codebook index for a preferably used scale parameter
codebook or a set of corresponding codebook indices. In other embodiments, the encoded
representation comprises the quantized scale parameters of quantized scale factors that
are obtained, when the codebook index or the set of codebook indices or, generally, the
encoded representation is input into a decoder-side vector decoder or any other decoder.
Preferably, the spectral processor 120 uses the same set of scale factors that is also avail-
able at the decoder-side, i.e., uses the quantized second set of scale parameters together
with an interpolation operation to finally obtain the third set of scale factors.

In a preferred, optional embodiment, the third number of scale factors in the third set of
scale factors 173 is equal to the first number of scale factors. However, a smaller number
of scale factors is also useful. Exemplarily, for example, one could derive 64 scale factors
(171) in block 110, and the downsampler (130) could then downsample the 64 scale factors
(171) to 16 scale factors (140’) for transmission. Then, there could be performed an inter-
polation not necessarily to 64 scale factors, but to 32 scale factors (e.g. third number of
scale factors) in the spectral processor 120. Alternatively, one could perform an interpola-
tion to an even higher number (e.g. third number, which may be equal to or greater than the
first number) such as more than 64 scale factors as the case may be, as long as the number
of scale factors transmitted in the encoded output signal (170) is smaller than the number
of scale factors calculated in block 110 or calculated and used in block 120 of Figs. 1a-1f.

In general terms, the scale factors may be either provided to the spectral processor 120
either in their native form (e.g. 171) or in a modified version (e.g., 172 or 173). In Fig. 1b
there are shown 171 and 173. It is mostly referred to the fact that the scale factors are used
either in their native form (171) or in a processed version (e.g. 172, 1407, complexively
indicated with 110”); reference numeral 110’ is used for the general concept of the scale
factors or a processed version thereof.
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Summarizing, in the examples of Figs. 1a-1f at least one of the arrows 171, 172, 173 di-
rected towards the spectral processor 120 is needed and the others may be skipped.

Preferably, the scale factor calculator 110 is configured to perform several operations illus-
trated in Fig. 2. These operations refer to a calculation 111 of an amplitude-related measure
per band. A preferred amplitude-related measure per band is the energy per band, but other
amplitude-related measures can be used as well, for example, the summation of the mag-
nitudes of the amplitudes per band or the summation (integral, sum, etc.) of squared ampli-
tudes which corresponds to the energy. However, apart from the power of 2 used for calcu-
lating the energy per band, other powers such as a power of 3 that would reflect the loud-
ness of the signal could also be used and, even powers different from integer numbers such
as powers of 1.5 or 2.5 can be used as well in order to calculate amplitude-related measures
per band. Even powers less than 1.0 can be used as long as it is made sure that values
processed by such powers are positive- valued.

A further operation performed by the scale factor calculator can be an optional inter-band
smoothing 112. This inter-band smoothing is preferably used to smooth out the possible
instabilities that can appear in the vector of amplitude-related measures as obtained by step
111. If one would not perform this smoothing, these instabilities would be amplified when
converted to a log-domain later as illustrated at 115, especially in spectral values where the
energy is close to 0. However, in other embodiments, inter-band smoothing is not per-
formed.

An operation according to the invention, performed by the scale factor calculator 110, is the
pre-emphasis operation 113. This pre-emphasis operation has a similar purpose as a pre-
emphasis operation e.g. used in an LPC-based perceptual filter of the MDCT-based TCX
processing as discussed before with respect to the prior art. This procedure increases the
amplitude of the shaped spectrum in the low-frequencies that results in a reduced quanti-

zation noise in the low-frequencies.

The pre-emphasis operation 113 makes use of a harmonicity measure 163 as acquired.
The scale parameter calculator 110 calculates an amplitude-related measure for each band
(e.g. energy per band), to obtain a set of amplitude-related measures. The scale parameter
calculator performs the pre-emphasis operation (113) to the set of amplitude-related
measures, so that low frequency amplitudes are emphasized with respect to high frequency

amplitudes according to a tilt value controlled by the tilt value, which in turn is based on a
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harmonicity measure (163) of the audio signal 160. According to a first option, the harmon-
icity measure 163 may be obtained (e.g. in the frequency domain), downstream to the con-
verter 100, e.g. as spectral flatness measure, e.g. calculated from the spectral representa-
tion 100°. According to a second option, the harmonicity measure 163 may be obtained from
the input audio signal 160 (e.g. in the time domain), upstream to the converter 100.

A further optional processing operation is the noise-floor addition processing 114. This pro-
cedure improves the quality of signals containing very high spectral dynamics such as, for
example, Glockenspiel, by limiting the amplitude amplification of the shaped spectrum in
the valleys, which has the indirect effect of reducing the quantization noise in the peaks, at
the cost of an increase of quantization noise in the valleys, where the quantization noise is
anyway not perceptible due to masking properties of the human ear such as the absolute
listening threshold, the pre-masking, the post-masking or the general masking threshold
indicating that, typically, a quite low volume tone relatively close in frequency to a high vol-
ume tone is not perceptible at all, i.e., is fully masked or is only roughly perceived by the
human hearing mechanism, so that this spectral contribution can be quantized quite
coarsely. The noise-floor addition operation 114, however, does not necessarily have to be
performed.

Furthermore, block 115 indicates a log-like domain conversion. Preferably, a transformation
of an output of one of blocks 111, 112, 113, 114 in Fig. 2 is performed in a log-like domain.
A log-like domain is a domain, in which values close to 0 are expanded and high values are
compressed. Preferably, the log domain is a domain with basis of 2, but other log domains
can be used as well. However, a log domain with the basis of 2 is better for an implemen-
tation on a fixed-point signal processor. The output of the scale factor calculator 110 is a
first set of scale factors.

As illustrated in Fig. 2, each of the blocks 112 to 115 can be bridged, i.e., the output of block
111, for example, could already be the first set of scale factors. However, all the processing
operations and, particularly, the pre-emphasis operation are preferred. Thus, one could
even implement the scale factor calculator by only performing steps 111 and 113 without
the procedures in steps 112, 114 and 115, for example. Thus, the scale factor calculator
110 is configured for performing one or two or more of the procedures illustrated in Fig. 2
as indicated by the input/output lines connecting several blocks.
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Fig. 3 illustrates a preferred implementation of the optional downsampler 130 of Fig. 1a (and
Fig. 1c and Fig. 1e). Preferably, a low-pass filtering or, generally, a filtering with a certain
window w(k) is performed in step 131, and, then, a downsampling/decimation operation of
the result of the filtering is performed. Due to the fact that low-pass filtering 131 and in
preferred embodiments the downsampling/decimation operation 132 are both arithmetic op-
erations, the filtering 131 and the downsampling 132 can be performed within a single op-
eration as will be outlined later on. Preferably, the downsampling/decimation operation is
performed in such a way that an overlap among the individual groups of scale parameters
of the first set of scale parameters is performed. Preferably, an overlap of one scale factor
in the filtering operation between two decimated calculated parameters is performed. Thus,
step 131 performs a low-pass filter on the vector of scale parameters before decimation.
This low-pass filter has a similar effect as the spreading function used in psychoacoustic
models. It reduces the quantization noise at the peaks, at the cost of an increase of quanti-
zation noise around the peaks where it is anyway perceptually masked at least to a higher
degree with respect to quantization noise at the peaks.

Furthermore, the optional downsampler 130 additionally performs a mean value removal
133 and an additional scaling step 134. However, the low-pass filtering operation 131, the
mean value removal step 133 and the scaling step 134 are only optional steps. Thus, the
downsampler 130 illustrated in Fig. 3 or illustrated in Fig. 1a (and Fig. 1c and Fig. 1e) can
be implemented to only perform step 132 or to perform two steps illustrated in Fig. 3 such
as step 132 and one of the steps 131, 133 and 134. Alternatively, the downsampler can
perform all four steps or only three steps out of the four steps illustrated in Fig. 3 as long as
the downsampling/decimation operation 132 is performed. As outlined in Fig. 3, audio op-
erations in Fig. 3 performed by the downsampler are performed in the log-like domain in
order to obtain better results.

Fig. 4 illustrates a preferred implementation of the scale factor encoder 140. The scale fac-
tor encoder 140 receives the preferably log-like domain second set of scale factors and
performs a vector quantization as illustrated in block 141 to finally output one or more indi-
ces per frame. These one or more indices per frame can be forwarded to the output interface
and written into the bitstream, i.e., introduced into the output encoded audio signal 170 by
means of any available output interface procedures. Preferably, the vector quantizer 141
additionally outputs the quantized log-like domain second set of scale factors. Thus, this
data can be directly output by block 141 as indicated by arrow 144. However, alternatively,

a decoder codebook 142 is also available separately in the encoder. This decoder codebook
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receives the one or more indices per frame and derives, from these one or more indices per
frame the quantized preferably log-like domain second set of scale factors as indicated by
line 145. In typical implementations, the decoder codebook 142 will be integrated within the
vector quantizer 141. Preferably, the vector quantizer 141 is a multi-stage or split-level or a
combined multi-stage/split-level vector quantizer as is, for example, used in any of the indi-
cated prior art procedures.

Thus, it is made sure that the second set of scale factors are the same quantized second
set of scale factors that are also available on the decoder-side, i.e., in the decoder that only
receives the encoded audio signal that has the one or more indices per frame as output by
block 141 via line 146.

Fig. 5 illustrates a preferred implementation of the spectral processor 120. The spectral
processor 120 included within the encoder 300a of Fig. 1a or 300b of Fig. 1b (or any 300c-
300e in Figs. 1c-1e) comprises an interpolator 121 that receives the quantized second set
of scale parameters and that outputs the third set of scale parameters where the third num-
ber is greater than the second number and preferably equal to the first number. Further-
more, the spectral processor comprises a linear domain converter 120. Then, a spectral
shaping is performed in block 123 using the linear scale parameters on the one hand and
the spectral representation on the other hand that is obtained by the converter 100. Prefer-
ably, a subsequent temporal noise shaping operation, i.e., a prediction over frequency is
performed in order to obtain spectral residual values at the output of block 124, while the
TNS side information is forwarded to the output interface as indicated by arrow 129.

Finally, the spectral processor 120 has a scalar quantizer/encoder 125 that is configured
for receiving a single global gain for the whole spectral representation, i.e., for a whole
frame. Preferably, the global gain is derived depending on certain bitrate considerations.
Thus, the global gain is set so that the encoded representation of the spectral representation
generated by block 125 fulfils certain requirements such as a bitrate requirement, a quality
requirement or both. The global gain can be iteratively calculated or can be calculated in a
feed forward measure as the case may be. Generally, the global gain is used together with
a quantizer and a high global gain typically results in a coarser quantization where a low
global gain results in a finer quantization. Thus, in other words, a high global gain results in
a higher quantization step size while a low global gain results in a smaller quantization step
size when a fixed quantizer is obtained. However, other quantizers can be used as well
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together with the global gain functionality such as a quantizer that has some kind of com-
pression functionality for high values, i.e., some kind of non-linear compression functionality
so that, for example, the higher values are more compressed than lower values. The above
dependency between the global gain and the quantization coarseness is valid, when the
global gain is multiplied to the values before the quantization in the linear domain corre-
sponding to an addition in the log domain. If, however, the global gain is applied by a division
in the linear domain, or by a subtraction in the log domain, the dependency is the other way
round. The same is true, when the “global gain” represents an inverse value. Alternatively
the spectral processor 120 may use vector quantizer instead of the scalar quantizer.

Subsequently, preferred implementations of the individual procedures described with re-
spect to Fig. 1a to Fig. 5 are given.

Detailed step-by-step description of preferred embodiments
Here below, non-limiting examples are provided.

The signal 160 may be converted into multiple bands (e.g. Ng bands, e.g. Ng=64, but a
different number ca be used). For each band a plurality of spectral lines (indexes, bins) may
be defined. An example is shown in Fig. 10 (see also below), showing that the generic b-th
band may be associated with a variable number of multiple indexes. A function Ind(b) maps
the b-th band onto the first spectral line Ind(b) of the b-th band. The b-th band is therefore
associated with an interval of spectral lines defined as [Ind(b), Ind(b+1)-1). The bands may
be non-uniform and follow the perceptually-relevant bark scale (smaller in low-frequencies,

larger in high-frequencies).

The mapping from b to Ind(b) is shown in Fig. 10 (see also below). As defined by LC3,
Ind(b) may be that defined by the tables in the LC3 specification in sections 3.7.1 and 3.7.2;
there are table for different sampling rates; Fig. 10 shows the mapping for 1_32000 from
3.7.1 in the LC3 specification.

ENCODER:
e Step 1: Energy per band (111)
The energies per band Ez(n) are computed as follows:
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Ind(b+1)-1
X(k)?

Es(b) = Z Ind(b + 1) — Ind(b)

k=Tnd(b)

forb=0..Ng—1

with X(k) are the MDCT (or MDST) coefficients (or other coefficients, e.g. other coefficients
of another real-valued transform), Nz = 64 is the number of bands and k (with k between
Ind(b) and Ind(b+ 1) — 1) are the indexes of spectral lines of the b-th band, and
Ind(b + 1) — Ind(b) is the width (in number of coefficients) of the b-th band (the energy per
band is therefore normalized by the width of each band). The bands may be non-uniform
and follow the perceptually-relevant bark scale (smaller in low-frequencies, larger in high-
frequencies). The lowest band is b=0, the highest b=63=Ng-1 (as explained above, Ng may
be different from 64).

It is to be noted that a version without dividing by the number of the indexes may also be

Ind(b+1)-1 X(K)?

performed. Hence, the formula Eg(b) = Xy _\naw) ~ Tamrs macs MaY e substituted by:

Ind(b+1)-1

Eg(b) = z X(K)? for b= 0..Ng—1
k="Tnd(b)

(Notably, the energy per band is not normalized by the width of the band).

It is in addition or in alternative possible to compute the energies per band Eg(n):

Ind(b+1)-1 .

E(b)—n E X0 + Y(9* for b= 0..Ng— 1

B = Indb+ 1) —Ind(b) >~ "B
k=Tnd(b)

with X(k) being MDCT coefficients, with Y(k) being MDST coefficients at the same k-th
index, Nz = 64 is the number of bands and k (with k between Ind(b) and Ind(b + 1) — 1)
are the indexes of spectral lines of the b-th band, and Ind(b + 1) — Ind(b) is the width (in
number of coefficients) of the b-th band (the the energy per band is therefore normalized
by the width of the band). The bands may be non-uniform and follow the perceptually-rele-
vant bark scale (smaller in low-frequencies, larger in high-frequencies). The lowest band is
b=0, the highest b=63=Nz-1 (as explained above, Ng may be different from 64).
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2 2
As above, the formula Eg(b) = 2}(“:‘11(2;(%_1%

may be substituted by

Ind(b+1)—-1

Eg(b) = Z [X(K)? + Y(K)?] for b= 0..Ng—1
k="Tnd(b)

It is to be noted that the formula Eg(b) = S0t " [X(K)* + Y(K)*] for b= 0..Ng—1

can be understood, in pseudocode, as:

forb =0..63:
Eg(b) =0
for k = Ind(b)..Ind(b+1)-1:
Eg(b) = Eg(b) + X(K)* + Y(k)?

e Step 2: Smoothing (112)
The energy per band Eg(b) is smoothed using

0.75 - Eg(0) + 0.25 - Eg(1) ,ifb=10
Es(b) ={0.25-Eg(62) + 0.75 - Eg(63) ,if b = 63
0.25-Eg(b—1) +0.5-Eg(b) + 0.25-Eg(b+ 1) ,otherwise

Remark: this step is mainly used to smooth the possible instabilities that can appear in the
vector Eg(b). If not smoothed, these instabilities are amplified when converted to log-do-
main (see step 5), especially in the valleys where the energy is close to 0.

e Step 3: Pre-emphasis (113)
The smoothed energy per band Eg(b) is then pre-emphasized using

b-giie-g’
Ep(b) = Eg(b)- 1071063  for b= 0..63

with g (which in some examples can be avoided) controls the pre-emphasis tilt and de-
pends on the bandwidth of the audio signal 160 (bandwidth of the spectral representation,
the sampling frequency corresponding to the spectral representation). g is for example
15.75 for 8 kHz bandwidth of the spectral representation, 18.375 for 12.8 kHz bandwidth of
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the spectral representation and 19.5 for 16 kHz bandwidth of the spectral representation. g’
is the harmonicity measure 163.

A more general definition may be

I
“ Btilt '8

b
Ep(b) = Eg(b) - dTnmp ),

b - gt g’
where the ———

is derived from, the harmonicity measure 163, g, is pre-defined (e.g. dependent on the

is an exponent applied to d>0; h is fixed (e.g. equal to 10}, g = 0 is, or

spectral representation bandwidth), b is an index indicating the band out of Ns bands (e.g.
Ng =64 or a different number).

It is here distinguished between:

b1 8’

b - gy .g’ P
o A pre-emphasis factor d"hmb ) (e.g. 10 0es ) which is applied to the energy
per band Eg(b) (the higher the pre-emphasis factor, the higher the pre-empha-
sis)

I
* Btilt "8 b-gtiieg’
h-nb (e.g. 10-63 )

e Atiltvalue 2 which is an exponent to be applied to d>0 (e.g.

d=10) (the higher the tilt value, the higher the pre-emphasis)

e Atilt factor g; €.9. based on the bandwidth (the higher the tilt factor, the higher
the pre-emphasis)

e A harmonicity value g’ (163, e.g. 163’ or 163”) (the higher the harmonicity value,
the higher the pre-emphasis)

e The number Ng of bands (e.g. 64, or a different number)

e The bandindex b (e.g. between 0 and Ng-1).

The pre-emphasis used in this step may have an analogous purpose as the pre-emphasis
used in the LPC-based perceptual filter of prior art 2, it increases the amplitude of the
shaped Spectrum in the low-frequencies, resulting in reduced quantization noise in the low-

frequencies.

e Step 4: Noise floor (114)
A noise floor at -40dB is added to Ep(b) using

Ep(b) = max(Ep(b), noiseFloor) for b= 0..63
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with the noise floor being calculated by

63
2 Ep(b 40
noiseFloor = max (%- 10710, 107>

This step improves quality of signals containing very high spectral dynamics such as e.g.
glockenspiel, by limiting the amplitude amplification of the shaped spectrum in the valleys,
which has the indirect effect of reducing the quantization noise in the peaks, at the cost of
an increase of quantization noise in the valleys where it is anyway not perceptible.

e Step 5: Logarithm (115)
A transformation into the logarithm domain is then performed using

logz(Ep(b)) fo

EL(b) = >

rb=0..63

e Step 6: Downsampling (131, 132)
The vector E; (b) is then downsampled by a factor of 4 using

5
W(0)EL (0) + Z WK E (4b+k—1) ,ifb=0

k=1
4

E,(b) = Z w(k) E_(4b + k — 1) + w(5)E_(63) ,ifb = 15
k=0
5
z w(k)E (4b+k—1) ,otherwise
k=0

with

This step applies a low-pass filter (w(k)) on the vector E; (b) before decimation. This low-
pass filter has a similar effect as the spreading function used in psychoacoustic models: it
reduces the quantization noise at the peaks, at the cost of an increase of quantization noise
around the peaks where it is anyway perceptually masked.
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e Step 7: Mean Removal and Scaling (133, 134)

The final scale factors are obtained after mean removal and scaling by a factor of 0.85

Yoo Ea(b)

scf(n) = 0.85 (E4(n) - T ) for n= 0..15

Since the codec has an additional global-gain, the mean can be removed without any loss
of information. Removing the mean also allows more efficient vector quantization.

10  The scaling of 0.85 slightly compress the amplitude of the noise shaping curve. It has a
similar perceptual effect as the spreading function mentioned in Step 6: reduced quantiza-
tion noise at the peaks and increased quantization noise in the valleys.

e Step 8: Quantization (141, 142)

15
The scale factors are quantized using vector quantization, producing indices which are then
packed into the bitstream and sent to the decoder, and quantized scale factors scfQ(n).
e Step 9: Interpolation (121, 122)
20
The quantized scale factors scfQ(n) are interpolated using
scfQint(0) = scfQ(0)
scfQint(1) = scfQ(0)
1
scfQint(4n + 2) = scfQ(n) + 3 (scfQ(n+ 1) —scfQ(n)) for n= 0..14
3
scfQint(4n + 3) = scfQ(n) + 3 (scfQ(n +1)-— scfQ(n)) for n=0..14
5
scfQint(4n + 4) = scfQ(n) + 3 (scfQ(n+ 1) —scfQ(n)) for n= 0..14
7
scfQint(4n + 5) = scfQ(n) + 3 (scfQ(n+ 1) — scfQ(n)) for n= 0..14
1
scfQint(62) = scfQ(15) + g(scfQ(15) — scfQ(14))
3
scfQint(63) = scfQ(15) + §(scfQ(15) — scfQ(14))
25

and transformed back into linear domain using
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gsns(b) = 25¢fint®)  for b= 0..63

Interpolation is used to get a smooth noise shaping curve and thus to avoid any big ampli-

tude jumps between adjacent bands.
e Step 10: Spectral Shaping (123)

The SNS scale factors ggys(b) are applied on the MDCT frequency lines for each band

separately in order to generate the shaped spectrum X (k)

L X®
Xs(k) = gsns(b)

for k = Ind(b)..Ind(b+1)—1, for b= 0..63

This expression can be read, in pseudocode, as:
forb=0..63:
for k = Ind(b)..Ind(b+1)-1:

X(k)

Xs (k) = gsns(b)

The scale parameters gsns(b) may be outputted by block 122 and used by block 123 in Fig.
5.

Fig. 8 illustrates a preferred implementation of an apparatus 800 for decoding an encoded
audio signal 250 comprising information on an encoded spectral representation and infor-
mation on an encoded representation of a second set of scale parameters. The decoder
800 comprises an input interface 200, a spectrum decoder 210, a scale factor/parameter
decoder 220, a spectral processor 230 and a converter 240. The input interface 200 is con-
figured for receiving the encoded audio signal 250 and for extracting the encoded spectral
representation that is forwarded to the spectrum decoder 210 and for extracting the en-
coded representation of the second set of scale factors that is forwarded to the scale factor
decoder 220. Furthermore, the spectrum decoder 210 is configured for decoding the en-
coded spectral representation to obtain a decoded spectral representation that is forwarded
to the spectral processor 230. The scale factor decoder 220 is configured for decoding the
encoded second set of scale parameters to obtain a first set of scale parameters forwarded
to the spectral processor 230. The first set of scale factors has a number of scale factors or
scale parameters that is greater than the number of scale factors or scale parameters in the
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second set. The spectral processor 230 is configured for processing the decoded spectral
representation using the first set of scale parameters to obtain a scaled spectral represen-
tation. The scaled spectral representation is then converted by the converter 240 to finally
obtain the decoded audio signal 260.

Preferably, the scale factor decoder 220 is configured to operate in substantially the same
manner as has been discussed with respect to the spectral processor 120 of Fig. 1a or 1b
or 1c or 1d or 1e or 1f relating to the calculation of the third set of scale factors or scale
parameters as discussed in connection with blocks 141 or 142 and, particularly, with respect
to blocks 121, 122 of Fig. 5. Particularly, the scale factor decoder is configured to perform
the substantially same procedure for the interpolation and the transformation back into the
linear domain as has been discussed before with respect to step 9. Thus, as illustrated in
Fig. 9, the scale factor decoder 220 is configured for applying a decoder codebook 221 to
the one or more indices per frame representing the encoded scale parameter representa-
tion. Then, an interpolation is performed in block 222 that is substantially the same interpo-
lation as has been discussed with respect to block 121 in Fig. 5. Then, a linear domain
converter 223 is used that is substantially the same linear domain converter 122 as has
been discussed with respect to Fig. 5. However, in other implementations, blocks 221, 222,
223 can operate different from what has been discussed with respect to the corresponding
blocks on the encoder-side.

Furthermore, the spectrum decoder 210 illustrated in Fig. 8 comprises a dequantizer/de-
coder block that receives, as an input, the encoded spectrum and that outputs a dequan-
tized spectrum that is preferably dequantized using the global gain that is additionally trans-
mitted from the encoder side to the decoder side within the encoded audio signal in an
encoded form. The dequantizer/decoder 210 can, for example, comprise an arithmetic or
Huffman decoder functionality that receives, as an input, some kind of codes and that out-
puts quantization indices representing spectral values. Then, these quantization indices are
input into a dequantizer together with the global gain and the output are dequantized spec-
tral values that can then be subjected to a TNS processing such as an inverse prediction
over frequency in a TNS decoder processing block 211 that, however, is optional. Particu-
larly, the TNS decoder processing block additionally receives the TNS side information that
has been generated by block 124 of Fig. 5 as indicated by line 129. The output of the TNS
decoder processing step 211 is input into a spectral shaping block 212, where the first set
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of scale factors as calculated by the scale factor decoder are applied to the decoded spec-
tral representation that can or cannot be TNS processed as the case may be, and the output
is the scaled spectral representation that is then input into the converter 240 of Fig. 8.

Further procedures of preferred embodiments of the decoder are discussed subsequently.
DECODER:

e Step 1: Quantization (221)

The vector quantizer indices produced in encoder step 8 are read from the bitstream and
used to decode the quantized scale factors scfQ(n).

e Step 2: Interpolation (222, 223)

Same as Encoder Step 9.

e Step 3: Spectral Shaping (212)

The SNS scale factors gsns(b) are applied on the quantized MDCT frequency lines for each
band separately in order to generate the decoded spectrum X(k) as outlined by the following
code.

X(K) = X5(K) - gsns(b) for k= Ind(b)..Ind(b+1) — 1, for b= 0..63

Fig.6 and Fig. 7 illustrate a general encoder/decoder setup where Fig. 6 represents an im-
plementation without TNS processing, while Fig. 7 illustrates an implementation that com-
prises TNS processing. Similar functionalities illustrated in Fig. 6 and Fig. 7 correspond to
similar functionalities in the other figures when identical reference numerals are indicated.
Particularly, as illustrated in Fig. 6, the input signal 160 is input into a transform stage 110
and, subsequently, the spectral processing 120 is performed. Particularly, the spectral pro-
cessing is reflected by an SNS encoder indicated by reference numerals 123, 110, 130, 140
indicating that the block SNS encoder implements the functionalities indicated by these ref-
erence numerals. Subsequently to the SNS encoder block, a quantization encoding opera-
tion 125 is performed, and the encoded signal is input into the bitstream as indicated at 180
in Fig. 6. The bitstream 180 (which may be an example of output encoded audio signal)
then occurs at the decoder-side and subsequent to an inverse quantization and decoding
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illustrated by reference numeral 210, the SNS decoder operation illustrated by blocks 210,
220, 230 of Fig. 8 are performed so that, in the end, subsequent to an inverse transform
240, the decoded output signal 260 is obtained.

Fig. 7 illustrates a similar representation as in Fig. 6, but it is indicated that, preferably, the
TNS processing is performed subsequent to SNS processing on the encoder-side and, cor-
respondingly, the TNS processing 211 is performed before the SNS processing 212 with
respect to the processing sequence on the decoder-side.

Preferably the additional tool TNS between Spectral Noise Shaping (SNS) and quantiza-
tion/coding (see block diagram below) is used. TNS (Temporal Noise Shaping) also shapes
the quantization noise but does a time-domain shaping (as opposed to the frequency-do-
main shaping of SNS) as well. TNS is useful for signals containing sharp attacks and for
speech signals.

TNS is usually applied (in AAC for example) between the transform and SNS. Preferably,
however, it is preferred to apply TNS on the shaped spectrum. This avoids some artifacts
that were produced by the TNS decoder when operating the codec at low bitrates.

Fig. 10 illustrates a preferred subdivision of the spectral coefficients or spectral lines as
obtained by block 100 on the encoder-side into bands. Particularly, it is indicated that lower
bands have a smaller number of spectral lines than higher frequency bands. Particularly,
the x-axis in Fig. 10 corresponds to the index of bands and illustrates the preferred embod-
iment of 64 bands and the y-axis corresponds to the index of the specitral lines illustrating
320 spectral coefficients in one frame. Particularly, Fig. 10 illustrates exemplarily the situa-
tion of the super wide band (SWB) case where there is a spectral representation bandwidth
of 16 kHz. For the wide band case, the situation with respect to the individual bands is so
that one frame results in 160 spectral lines and the spectral representation bandwidth is 8
kHz so that, for both cases, one frame has a length in time of 10 milliseconds.

Fig. 11 illustrates more details on the preferred downsampling performed in the downsam-
pler 130 of Fig. 1a (or 1c or 1e) or the corresponding upsampling or interpolation as per-
formed in the scale factor decoder 220 of Fig. 8 or as illustrated in block 222 of Fig. 9.

Along the x-axis, the index for the bands 0 to 63 is given. Particularly, there are 64 bands
going from 0 to 63.
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The 16 downsample points corresponding to scfQ(i) are illustrated as vertical lines 1100.
Particularly, Fig. 11 illustrates how a certain grouping of scale parameters is performed to
finally obtain the downsampled point 1100. Exemplarily, the first block of four bands consists
of (0, 1, 2, 3) and the middle point of this first block is at 1.5 indicated by item 1100 at the
index 1.5 along the x-axis.

Correspondingly, the second block of four bands is (4, 5, 6, 7), and the middle point of the
second block is 5.5.

The windows 1110 correspond to the windows w(k) discussed with respect to the step 6
downsampling described before. It can be seen that these windows are centered at the
downsampled points and there is the overlap of one block to each side as discussed before.

The interpolation step 222 of Fig. 9 recovers the 64 bands from the 16 downsampled points.
This is seen in Fig. 11 by computing the position of any of the lines 1120 as a function of
the two downsampled points indicated at 1100 around a certain line 1120. The following
example exemplifies that.

The position of the second band is calculated as a function of the two vertical lines around
it (1.5 and 5.5) : 2=1.5+(1/8)*(5.5-1.5).

Correspondingly, the position of the third band as a function of the two vertical lines 1100
around it (1.5 and 5.5): 3=1.5+(3/8)*(5.5-1.5).

A specific procedure is performed for the first two bands and the last two bands. For these
bands, an interpolation cannot be performed, because there would not exist vertical lines
or values corresponding to vertical lines 1100 outside the range going from 0 to 63. Thus,
in order to address this issue, an extrapolation is performed as described with respect to
step 9: interpolation as outlined before for the two bands 0, 1 on the one hand and 62 and
63 on the other hand.

Subsequently, a preferred implementation of the converter 100 of Fig. 1a or 1b or 1c or 1d
or 1e or 1f on the one hand and the converter 240 of Fig. 8 on the other hand are discussed.
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Particularly, Fig. 12a illustrates a schedule for indicating the framing performed on the en-
coder-side within converter 100. Fig. 12b illustrates a preferred implementation of the con-
verter 100 of Fig. 1aor b or 1cor 1d or 1e or 1f on the encoder-side and Fig. 12c illustrates
a preferred implementation of the converter 240 on the decoder-side.

The converter 100 on the encoder-side is preferably implemented to perform a framing with
overlapping frames such as a 50% overlap so that frame 2 overlaps with frame 1 and frame
3 overlaps with frame 2 and frame 4. However, other overlaps or a non-overlapping pro-
cessing can be performed as well, but it is preferred to perform a 50% overlap together with
an MDCT algorithm. To this end, the converter 100 comprises an analysis window 101 and
a subsequently-connected spectral converter 102 for performing an FFT processing, an
MDCT processing or any other kind of time-to-spectrum conversion processing to obtain a
sequence of frames corresponding to a sequence of spectral representations as input in
Fig. 1Taor 1b or 1c or 1d or 1e or 1f to the blocks subsequent to the converter 100.

Correspondingly, the scaled spectral representation(s) are input into the converter 240 of
Fig. 8. Particularly, the converter comprises a time-converter 241 implementing an inverse
FFT operation, an inverse MDCT operation or a corresponding spectrum-to-time conversion
operation. The output is inserted into a synthesis window 242 and the output of the synthe-
sis window 242 is input into an overlap-add processor 243 to perform an overlap-add oper-
ation in order to finally obtain the decoded audio signal. Particularly, the overlap-add pro-
cessing in block 243, for example, performs a sample-by-sample addition between corre-
sponding samples of the second half of, for example, frame 3 and the first half of frame 4
so that the audio sampling values for the overlap between frame 3 and frame 4 as indicated
by item 1200 in Fig. 12a is obtained. Similar overlap-add operations in a sample-by-sample
manner are performed to obtain the remaining audio sampling values of the decoded audio
output signal.

Pre-emphasis and tilt

Here, the pre-emphasis as controlled by the tilt (and in turn by the harmonicity measure 163
of the signal 160), e.g. at block 113, is discussed. While it is often referred to “energy per
band”, this concept can be generalized to “amplitude-related measure”.

The pre-emphasis (113) has the purpose of increasing the amplitude of the spectrum (e.g.
as outputted by the converter 100, or a processed version thereof) in the low-frequencies,

resulting in reduced quantization noise in the low-frequencies. By using the harmonicity
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measure 163 to control the pre-emphasis spectral tilt, the increase of the amplitude of the
spectrum is controlled in the low-frequencies in function of the harmonicity 163 of the audio
signal 160. So, in general terms if the audio signal 160 is highly harmonic (e.g. is mostly
speech) the amplitude of the spectrum is increased at low frequencies (e.g. normally voiced
speech) in respect to the high frequencies (e.g. mostly noise), whose spectrum’s amplitude
is decreased.

If the audio signal 160 is weakly harmonic (e.g. is mostly noise), then:

the lower-frequency part of the spectrum increases for a less extent (or not at all)
than in the case of the audio signal 160 being highly harmonic, and

the higher-frequency part of the spectrum decreases for a less extent (or not at all)
than in the case of highly harmonic signal, compared to the lower frequencies.

Due to the present techniques, the spectral tilt increases or decreases based on the har-
monicity measure 163, so that a lower harmonicity (163) implies a lower tilt (and a higher
harmonicity, 163, implies higher tilt).

An example of a pre-emphasis using a spectral tilt is provided by the above shown formula

b-griieg’
Ep(b) = Eg(b) - 1071063~ for b= 0..63
with g’ being a representation of the harmonicity measure 163. That formula may be gen-

eralized into

“Btilt 'g’)
s

£
Ep(b) = Es(b) -d* nmb

'
" Btilt '8

where the tilt value 2 5 is an exponent applied to d, h is fixed, g’ = 0 is, or is derived

from, the harmonicity measure, g # 0 is pre-defined, b is an index indicating the band out

b geile 8

of Np bands. The pre-emphasis factor q¢ honb ) (or more frequently
DBt & b i 8" Beile B v . .
10T 2, e.g 1050 65 ), where bff—“ntbg(tllt value) is an exponent applied e.g. to d (e.g.
d=10), h (e.g. h=10) is fixed, g’ = 0 (e.g. 0 < g’ < 1) is, or is derived from, the harmonicity,
gic # 0 is pre-defined and may be, in general, dependent on the bandwidth of the spectral
representation 100’ (e.g. g¢r Mmay be higher for higher bandwidths), b is an index indicating
b - Bril "8’
h-nb

g
the band out of nb+1 bands. A more common notation is 10¢ ), which is the same of
before but the exponentiation has base 10. The pre-emphasis is then applied to the spectral
energy E¢(b), so as to have a pre-emphasized energy information

b -Btie -8’
Ep(b) = Eg(b) - dTnms .
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The bands are in general indexed by an index b which may be between a lower index (e.g.
0) to indicate a low frequency (e.g. DC in case of 0) and increases up to a maximum index
(e.g. equal to nb, which may be, for example, 63, in the case that the signal is subdivided
into Ng=64 bands, but different number of bands are possible).

In examples, the higher the harmonicity, the higher g’ (which may be understood as the
harmonicity measure 163) , the higher the spectral tilt, the more precise the quantizing of
the lower frequencies of the shaped spectrum with more detail with respect to the higher
frequencies.

Often the control of the spectral tilt reduces the spectral tilt with respect to a fixed value,
since a weight between 0 and 1 may be applied (e.g., 0 for a completely noisy or transient
signal, and 1, or another value greater than zero, for a totally harmonic signal). This may be
obtained, for example, by weighting the tilt using a normalized value, such as a normalized
harmonicity. Therefore, g may be a normalized version of the harmonicity 163 and may

take a value between 0 and 1.

The harmonicity measure 163 may be obtained by autocorrelating the input signal 160, e.g.
along one frame. It may be, for example, a normalized autocorrelation.

It is to be noted that the scaling of the spectral (pre-emphasize) tilt might slightly increase
the computational effort, since a scaling by g’ (harmonicity or, more in general, harmonicity-
related measurement) is carried out, for example. However, when calculating E,(b) =

b - geiie 8’

b g1t 8
Es(b)-d hnb for b = 0..nb, it is possible to calculate the exponent P

by:

1) First, calculating the term % (common all bands);

2) Second, for each band, scaling the obtained term % by the band index b, to

thereby obtain the tilt value (g' is constant within the frame).

Therefore, the increase in computational effort is not overwhelming. Indeed g, and g’

are the same for all the bands in the whole frame.

Reference can now be made to Step 10 (spectral shaping). The calculation of the scale
factors gsns(b) to be used for shaping the signal therefore results controlled by the spectral
tilt value. It is noted that:



10

15

20

25

30

35

35
WO 2024/223042 PCT/EP2023/061055

- a comparatively higher spectral tilt results in quantizing the lower frequencies of
the shaped spectrum with more detail, while

- a comparatively lower spectral tilt results in quantizing the spectrum more equally
over the whole spectral range.

The pre-emphasis applied by the processor 110 may therefore increase the amplitude of
the shaped spectrum in the low frequencies, resulting in reduced quantization noise in the
low-frequencies. Using e.g. harmonicity measure 163 to control the spectral tilt permits to
adapt the strength of this effect to the features of the audio signal 160. So, if the audio signal
160 is highly-harmonic, the effect is increasing the amplitude of the shaped spectrum at low
frequencies, so that there is reduced quantization noise, and if the mono audio signal 602
is non-harmonic there is applied a less strong spectral tilt on the shaped energies (the lower-
frequency part of the spectrum is not amplified too much or not at all compared to the higher

frequencies), hence permitting to quantize more evenly over the whole spectrum.

Several techniques may be used for acquiring the harmonicity measure 163. For example,
the harmonicity measure 163 may be an LTP (long term predictor) parameter or an LTPF
(long term post-filter) parameter, so that the scale parameter calculator 110 controls the tilt
based on an LTP parameter or an LTPF parameter as the harmonicity measure of the audio
signal 160. In addition or alternative, the harmonicity measure 163 may be a spectral flat-
ness measure of the audio signal 160, so that the scale parameter calculator 110 controls
the tilt based on the spectral flatness measure. Notably, the harmonicity measure 163 may
be encoded anyway in the output encoded audio signal 170, e.g. for other reasons (e.g., as
LTP or LTPF parameter and/or for the purpose of performing packet loos concealment at
the decoder). For this reason, the harmonicity measure 163 may be quantized, and its quan-
tized version may be used as g’ for controlling the tilt. In addition or alternative, the harmon-
icity measure 163 may be normalized (e.g. between 0 and 1, as discussed above), so as to
control the tilt based on a normalized version of the harmonicity measure 163 of the audio
signal 160.

As explained above, the obtained set of amplitude-related measures may be preferably a

b geile 8
set of energies per bands E,(b), e.g. obtained through E,(b) = Es(b) - q¢ h-nb ), where

b - geite -8
h-nb

icity measure, g > 0 is pre-defined, b is an index indicating the band out of Ny bands in

is an exponent applied to d (e.g. d>1), h (e.g. h>0) is fixed, g’ > 0 is the harmon-

such a way that a higher frequency band has a higher index than a lower frequency band.
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b grii -g'

In general terms, the tilt value (e.g. e

) may be proportional (or at least linear) with

the harmonicity measure (g’ , 163 in the figures), where the proportionality coefficient may

b - gtiie
be —

I
* Btilt '8

Further, the tilt value (e.g. o D ) may be proportional (or more in general linear) with

the coefficient b/nb is a value which is 0 for b=0 and 1 for the highest band and increases
with the increase of the frequency of the generic b-th band (the increase is linear with the
index b, but not necessarily with the frequency).

!
* Btilt '8

Moreover, the tilt value (e.gb — o) may be proportional (or more in general linear) with

guie (which in some examples can be avoided), which is controlled with the sampling rate

(e-8 8il)

Therefore, the tilt value (e.g.

b'ﬁt#'g) may be proportional (or at least linear with) at least

nb
one of:

the harmonicity measure (g’ , 163);

the coefficient b/nb which increases (e.g. linearly) with the increase of the frequency
of the generic b-th band;

the coefficient Q.

An example of how to perform the pre-emphasis (e.g. at 113) is shown in Fig. 14. At step
113a there is the multiplication of the harmonicity value 163 by the tilt factor g, and the
division by the optional constant h and the constant nb. This may be performed only once
per frame. At step 113b there is the multiplication by the band b (this may be repeated for
each band b), to thereby obtain the tilt value. At step 113c there is the elevation of d>1 by
the tilt value (exponent), to obtain the pre-emphasis factor. At step 113f the pre-emphasis
factor scales the (smoothed) energy per band Es(b). It is noted that steps 113¢ and 113d
are also defined for each band.

Codec structure

The codec IVA is built upon the MDCT-based TCX from EVS [8, 9] with adaptations of
some technologies from LC3 [5,6]. It has been proven in EVS and LC3 that an MDCT-
based codec with HPF can code well a wide range of mono signals, including clean
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speech, at bitrates of 48 kbps and bandwidth of at least 16 kHz [5,6,8,9]. This codec struc-
ture can be extended by adding new or modifying existing technologies, so that coding of
a wide range of signals may be possible even at lower bitrates.

Codec structure overview
Some examples and further aspects are proposed here below.

The MDCT-based codec processes its input signal in frames of e.g. 20 ms, the length in
samples being . The other components follow the same framing and have the update rate
of 50 frames per second of the coded parameters.

The input signal x4 (160), which is the original audio signal e.g. processed with a 20 Hz
high-pass/DC rejection filter, is input to the pitch analysis and to the pulse extraction. In
the pitch analysis, denoted as “Get pitch contour”, a pitch contour is obtained. The pitch
contour steers many parts of the codec, including pulse extraction and HPF. The pitch
contour tracks pitch change over time. Pitch is here used to term the fundamental fre-
quency or the pitch lag, where the pitch lag is also known as the fundamental period and
is the inverse of the fundamental frequency. Viewing pitch as a frequency or as a period is
equivalent when describing the concepts of the implemented algorithms. When pitch is
used for filtering in TD it is the corresponding pitch lag, expressed in number of samples,
that is used. Whenever the exact representation is important, pitch will be denoted as
pitch lag or fundamental frequency or frequency bin index.

The pulse extraction extracts pulses from x; and codes them, where a pulse may be a
glottal pulse or any other kind of transient. The extracted pulses xp are subtracted from

x1. The signal without the pulses xw is coded within an MDCT-based codec.

The decoded output xo of the MDCT-based codec is filtered via an HPF. The HPF pro-

duces xii, in which noise between harmonics is suppressed.

A waveform xp_constructed from the coded pulses is added to x to obtain the final output

of the codec xo.

Encoder
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The encoder (e.g. Fig. 13, which may be an instantiation of Fig. 1aor ib or 1cor 1dor 1e
or 1f) splits the input signal x; into e,g, 20 ms frames and outputs to the bit-stream 170
with the rate of e.g. 50 frames per second at least one or more of:

e static configuration, 5 bits consisting of the bitrate and the bandwidth

e pitch contour

e MDCT window choice, e.g. 2 bits

e LTP activation parameter

e coded pulses

e coded information for the spectral shaping via SNS, denoted as “sns”

e coded information for the temporal shaping via TNS, denoted as “tns”

e global gain gq that is the global quantization step size for the MDCT codec

o the entropy coded quantized MDCT spectrum, denoted as “spect”

e the parametrically coded zero portions of the quantized MDCT spectrum, de-

noted as “zfl”

The pitch contour is obtained and coded for frames with high harmonicity. For frames with
low harmonicity, it is signaled with one bit that the pitch contour is not present. The pitch
analysis also outputs the high frequency tonality flag ¢y and a flag indicating if constant
parameters should be used for the HPF across the whole frame.

The pulse extraction obtains a short-time Fourier transform (STFT) of the input audio sig-
nal, and uses a non-linear magnitude spectrogram and the phase spectrogram of the
STFT to find and extract pulses. Each pulse has a waveform with high-pass characteris-
tics and the energy concentrated in the temporal center. The pulse residual signal xy is
obtained by subtracting a signal consisting of pulses xp from the input audio signal x;.

The pulses are coded and output by the “Pulse coding”.

The pulse residual signal xy; is windowed and transformed via the MDCT to produce the
spectrum Xy. A spectrum consists of frequency coefficients, also named frequency bins or
lines. The length of Xy, and all other spectra derived from Xy, is equal to the frame length
Hy. The MDCT window is chosen among three windows as in EVS, with the difference
that all three windows are symmetrical low overlap windows and that the overlap is longer.
The low overlap window is equal to the square root of the Tukey window. The three win-
dows used have the length of 30 ms, 25 ms and 21.25 ms with the corresponding overlap
region having the length of 10 ms, 5 ms and 1.25 ms. The longer window allows better en-
ergy compaction for tonal signals compared to EVS. The decision which window to use is
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basically the same as in EVS, with the difference that there is only overlap change and no
splitting of the frame into sub-frames. This means that the overlap choice is made so that
an increase of energy occurs in the non-overlapping part of the MDCT window, thus
avoiding problems with the MDCT unfolding and TNS. In the initial versions of IVA, sub-
frames of 5 ms and 10 ms, as in EVS, were used. With the introduction of the pulse ex-
traction and by using TNS, the need for splitting the frame is reduced. Avoiding the sub-
frame splitting, makes the implementation of new technologies and the maintenance eas-
ier. It could be investigated in the future, if there are signals where the sub-frame spilitting
could be beneficial.

The spectral envelope of Xy, is perceptually flattened using SNS obtaining X,;. SNS origi-
nates from LC3 [5,6]. It is implemented in IVA from scratch, with some algorithm adapta-
tions compared to LC3.

TNS provides temporal shaping of the quantization noise by filtering across frequencies in
the MDCT spectrum [7]. TNS filter coefficients are obtained from the autocorrelation of the
MDCT spectrum and TNS is activated if the filter provides coding gain above a threshold.
Two independent filters are used, one for the range from 800 to 4500 Hz and another one
above 4500 Hz. If it is active, the TNS filters Xy, and produces Xy as its output. The TNS
implementation is essentially the same as in EVS, the main difference being additional
tuning of the frequency range where it is used and the activation thresholds. TNS and the
pulse coding complement each other. Since the TNS filters are of relatively low order, they
cannot model very sharp changes in the time envelope of the signal. As the pulse coding
only models transients of short duration, TNS is still needed for modeling temporally
broader transients and strong onsets of a noise or a tone.

The perceptually flattened predicted MDCT spectrum X , obtained from the previously

decoded frames via LTP, is subtracted from Xy and the resulting difference Xy, is quan-
tized and coded in the integral band-wise parametric coder (iBPC). A part of the decoder,
required for the functionality of LTP, must also be included in the encoder, but is not
shown in Fig. 13 to keep it readable. The quantization process finds the optimal global
gain gq and outputs besides the quantized global gain also the entropy coded quantized
MDCT spectrum “spect” and energy levels “zfl” in bands quantized to zero. The iBPC uses
an arithmetic coder for coding both “spect” and “zfl”. The probability and context tables
from EVS are kept [8,9], while the arithmetic coder is implemented as in LC3 [5]. A pair of
values, called 2-tuple, is jointly coded as in EVS and LC3. The arithmetic coder from LC3
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has smaller computational complexity than the one from EVS. It also has exact bit de-
mand estimation using just table lookup.

Therefore, as explain above, the spectral representation (e.g. as outputted by the con-
verter 100, is divided into two parts, and the first part 100’ (e.g. obtained from MDCT coef-
ficients) may be partially sent to the spectral processor 120 to obtain the encoded version
of the spectral representation, while a second part 100” (e.g. obtained from the MDST rep-
resentation) is not used, but both the first part 100" and the second part 100” may be pro-
vided to the scale parameter calculator 110 to obtain the scale factors (or processed ver-
sion thereof).

Pitch contour

The pitch contour is determined by dpo, dpo and dpo. The pitch dpo is found in the middle
and the pitch dpo at the end of the current MDCT window. The pitch apo, at the start of the
current window, is equal to dFO from the previous frame. The intervals where these and
other pitch values are found is presented relative to the MDCT windowing and input signal

framing.

The pitch values estimated by the pitch search fall between the minimum pitch lag aFO =
2.25 ms (corresponding to 444.4 Hz) and the maximum pitch lag aFO = 19.5 ms (corre-

sponding to 51.3 Hz). The range from EIFD to aFO will be referred to as “the full pitch range”.

The values of d]:o and dpo are found in multiple steps. In each step, a pitch search is exe-
cuted on one of the intervals. To reduce complexity, a pitch is first searched in the input
signal downsampled to 8 kHz, followed by a search in the original input signal at the full
input sampling rate around the value obtained on the downsampled signal.

The core of the process is the pitch search F , executed in each of the multiple steps.

The pitch search F¢_ is also used in the HPF.

Pitch search
The pitch search Fi  calculates normalized autocorrelation of its input x and its delayed

version in the range from dg_ to dg :
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Fractional delays are obtained by interpolating py. The interpolation is done using filters

,dﬁo Sdel?O

from a predefined list of filters, each filter having a distinct fractional delay between 0 and
1. It will be further considered that p,;[m] also includes values for fractional delays m, that
is, py[m] is also defined when m is a rational number.

Besides dg , dg, and Ly, an initial pitch candidate dy_ is also a parameter of Fg, . Fg, re-

turns an optimal pitch di and an associated harmonicity level p;; :

(dﬁo, ppo) = Fr, (%, dg,, dg,, Ly, dﬁo)

The value of the initial pitch candidate di_ is, in most cases, a value of d;;  returned by a

previous call to Fg_ for a temporally preceding interval or for a downsampled version of x.

The harmonicity level p;: is obtained from the normalized autocorrelation py depending
on dg,. The value of p; is between zero and one, zero meaning no harmonicity and one

the maximum harmonicity.

The location of the absolute maximum in py is the first candidate d, for dj :

dp, = argmax py[m]
d‘rj- Smsd?
0 0

The second candidate dg, is the local maximum of py near dg . If dg is near dg, the local
maximum would probably coincide with di and thus, instead of searching for a local max-

imum, dg, is simply set to dg,.

The value of di; is chosen among dg, and dg,, with a preference for dg,:

dy = {dFl' puldr, | — pulde,| = 5,
° dp,, pH[dFl] — PH [dFZ] < Tg,
0.01,0.75dg, < dg, < 1.25dy,
T, = 0.02,dg, < dp,
0.03, dpl > sz
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The values of Tz, were found heuristically. The threshold is bigger if there is a possibility

of an octave jump, which would occur if di | was returned by Fy in the temporally preced-
ing interval and dg, is an integer multiple of diz  or dg_ is an integer multiple of dg . Prefer-
ring dg, avoids possible octave jumps and to some extent increases pitch detection accu-

racy in presence of noise.

Obtaining the pitch contour

In each of the intervals depicted in Fig. 17, Ly in the call to F¢_ is set to the length of the

interval and x[0] is the first sample in the interval.
The values of dp, dp, dp and d, are obtained at the downsampled signal.

First, the pitch dp and the associated pp are obtained via Fg, using the full pitch range
and dg, = dFO. Then dp and pp are obtained using again the full pitch range and dg, = dp.

dp and dp, are found setting di, = dp, di, = 0.3dp and dg, = 0.7dp.

The value of dFO and d]:o and the associated harmonicities pg_ and pg, are obtained via
Fr, from the input signal at the input sampling rate, setting d¢ = dp, d, = dp —a and
dg, = dp + a, where a is the ratio of the input sampling rate and the downsample rate 8
kHz (e.g. a = 6 for the input sampling rate of 48 kHz). d, = dj, for finding dg, and dp = dp,

for dg, .

The frame is considered to have high harmonicity if max(pp, pp) = 0.3 and p¢, = 0.3 and

pr, = 0.6. Otherwise the frame is of low harmonicity and the pitch contour is not coded.

For frames with high harmonicity, apo is absolutely coded and dpo is differentially coded.
dg, is coded differentially to (dg, + dg,)/2 using 3 bits. A predefined difference value is as-
sociated with each of the 8 codes for the differential coding of dFO. The code for the differ-
ence, that minimizes the autocorrelation in the interval associated with dpo, is chosen for

dg, .

0
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If pr, < pr,/2, it is considered that there is an end of the harmonicity in the frame. For
such frames, dg is set to 2dg, — dg, before coding it. This allows differential coding of dg,
even when there is no harmonicity at the end of the frame and the originally found dFO is

unreliable.

The pitch contour dy is obtained by an interpolation of the decoded values of dFO and dFo.
The pitch contour dy provides a value at every sample in the current MDCT window and at
least in the past aFO samples. We denote the pitch at sample i as dy[i]. The pitch contour

in the samples before the current window is needed for LTP.

Fig. 17 shows a schematic presentation of the interpolation for the pitch contour
The pitch contour consists of the constant and interpolated parts, as depicted in Fig. 17,
where the usage location of each coded pitch value is indicated in relation to the MDCT

window, the input and output frame borders.

If |dg, — dg, | < i ms, |pg, — Pr,| < 0.5 and there is no significant amplitude modulation in

the interval where dFO and dFO was found, it is indicated that the HPF should use constant

parameters across the whole frame.

The average pitch lag apo is calculated for each frame as the arithmetic mean of élFD, dFD
and dg, . If any of dg,, dg,, dg, is zero then dg, is also set to zero, which happens when

there is no harmonicity in the current or the previous frame.

Additional tonality measure

Per MDCT bin tonality
It is determined for each MDCT frequency bin between 4.8 kHz and 16 kHz, as in
5.3.3.2.5 in the EVS algorithmic description [8], if the frequency bin belongs to a tone or
contains mostly noise. The bin tonality is used, as in EVS, for the adaptive changing of the
dead-zone in the MDCT spectrum quantizer.

High frequency tonality flag
The total number of tonal frequency bins Ny is calculated in the current frame and

smoothed over time: Ny = 0.5N; + Ny.
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Normalized correlation py,, is calculated on a high-pass filtered xy between the samples
in the current MDCT window and the samples at the aFO delay, where xy; is filtered using a

symmetric 5 tap finite impulse response (FIR) filter with the -3 dB cutoff at 6 kHz.

The high frequency tonality flag ¢y is set to 1 if TNS is inactive, the pitch contour is pre-
sent and there is a tonality in high frequencies, where the tonality exists in high frequen-
cies if py, > 0.7 or Ny > 1.

The high frequency tonality flag ¢y is used in the decoder to decide how to fill MDCT co-
efficients quantized to zero.

SNS

The SNS scale factors are obtained from smoothed and spectrally tilted energies in e.g.
Ns (e.g. 64, or a different number) frequency bands having increasing widths. The band
energies (or more in general amplitude-related measures) are optionally transformed to a
logarithmic domain (e.g. 115, step 5) after optionally adding a noise floor (e.g. 114, step
4). The band energies (or more in general amplitude-related measures) are then e.g.
downsampled (e.g. by the downsampler 130) to 16 values in the logarithmic domain, the
arithmetic mean e.g. is removed and a fixed scaling is applied. The 16 values are then
quantized and coded, the coded values being denoted as “sns”. The 16 quantized values
are e.g. interpolated and transformed back to the linear domain. The interpolated scale
factors are applied on the MDCT spectrum, where in SNSe the MDCT spectrum is divided
by the scale factors and in SNSp multiplied. This process is the same as in LC3 [5, 6].

Different to the SNS implementation in LC3 is that the Ng (e.g. 64, or a different number)
band energies are obtained from a squared magnitude spectrum. Using the magnitude
instead of the MDCT avoids the problem of the MDCT temporal variation for constant
amplitude signals.

Another difference is that the band energies are not normalized by the band width. (see

Ind(b+1)-1 x(K)*

step 1 above, where it is explained that Eg(b) = X~ q) ThaGrD) Tndm MY be substi-

XK +Y(K)?

Thd(b+rD_ind®) 1Y be sub-

e by (9 = S48 00", and Es ) = 2y

stituted by Eg(b) = ZL'LdI(E;(lb))_l[X(k)Z + Y(k)z]. By not normalizing the band energies, a
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similar effect is obtained as by the fixed spectral tilt in LC3 SNS. This difference is advan-
tageous because it reduces computational complexity by avoiding the divisions used in
the normalization of the band energies. Instead of LC3’s strong fixed spectral tilt, smaller
adaptive tilt is used, proportional to the harmonicity of the input signal. Via the stronger tilt
for harmonic signals, harmonic components at low frequencies are given more importance
and vice versa. Weaker tilt for applause signals achieves more even distribution of quan-
tization steps across the whole bandwidth and allows perceptually efficient coding of wide-
band transients.

An additional difference is that, in some examples, the SNS scale factors are coded using
a two stage full search vector quantizer without a split, having 9 bits in the first and 6 bits
in the second stage. This quantization scheme requires less bits than the scheme with
pyramid vector quantizer in LC3, thus leaving more bits for coding the flattened MDCT
spectrum, which was shown to be beneficial.

The borders of the Ng (e.g. 64, or a different number) bands used in IVA are shown as
horizontal lines in Figure 15. The last band from 16 to 24 kHz is not shown.

The quantized values are interpolated to 128 scale factors, thus producing a smoother
envelope than the Ng (e.g. 64, or a different number) interpolated scale factors in LC3.
The 128 bands are obtained by splitting each of the 64 bands into two halves.

Decoder
Some discussion on the decoder is here provided.

The decoder (e.g. 800) processes the output of the encoder frame by frame.

The coded “spect” is decoded to obtain the quantized MDCT spectrum X,,. The energies
Ey, are decoded from “zfl” for sub-bands that are completely zero in X,. The quantized
MDCT spectrum X, is scaled with the global gain g, to produce Xo,- Since the zeros in X,
and in X, are at the same position, each of them can be used for determining the location

of the zeros.
The perceptually flattened predicted MDCT spectrum X , obtained from the previously

decoded frames via LTP, is added to Xy producing Xp. For spectral coefficients that are

zero in Xoy» values are generated in the Zero Filling and added to X, producing X.. The



10

15

20

25

30

35

46
WO 2024/223042 PCT/EP2023/061055

Zero Filling is generated depending on the high frequency tonality ¢ flag, “pitch contour”,
“tns”, Ey, and the content of X;,. The Zero Filling includes copying from the low frequency
regions into the high frequency regions, known as the copy-up.

If TNS is active, the temporal envelope is restored in “TNSy” producing X.. Further the
spectral envelope is restored in “SNSp” to produce X.. By restoring the temporal and spec-
tral envelopes, the quantization noise is shaped accordingly. Since it is expected that the
quantization noise is uniformly distributed and since SNS is perceptually motivated, the
quantization noise in X, should be perceptually minimized for the given bitrate constraint.
As discussed in previous chapter, the uniform distribution of the quantization noise cannot
be truly satisfied at low bitrates, but we assume that it is at least somewhat achieved. To
truly minimize the perceived distortions of the decoded output, all components need to be
tuned in an iterative process to account for their interaction. This is a disadvantage over
the analysis by synthesis approach, but allows developing a low computational complexity
system that doesn’t rely on a psychoacoustic model which should be tuned also in accord-
ance to the system.

The reshaped spectrum X, is a quantized version of the original spectrum X,,. Itis con-
verted to the time domain signal xp via the inverse MDCT, windowing and adding of the
overlapping parts, thus also achieving TDAC. The joint process of the inverse MDCT, win-
dowing and the adding of the overlapping parts is presented in diagrams using single
block named “IMDCT”.

LTP generates a time domain prediction from x, depending on the pitch contour and the
LTP activation parameter, windows the time domain prediction and converts the win-
dowed signal to the predicted MDCT spectrum )?FO. The spectrum XFO is perceptually flat-
tened using the “SNSg”. The perceptually flattened predicted MDCT spectrum X, is in the

same domain as X, and Xq, and can be used to reduce the range of values in the spec-

trum to be coded.
As already mentioned, x is produced by suppressing noise between harmonics of x,, via
HPF, driven by the pitch contour. Finally xp,, constructed from the coded pulses, is added

to xy to obtain the final output of the codec x,.

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

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

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

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

Generally, embodiments of the present invention can be implemented as a computer 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 embodiments comprise the computer program for performing one of the methods

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

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

puter program runs on a computer.

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

program for performing one of the methods described herein.

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

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

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

herein.

A further embodiment comprises a computer having installed thereon the computer program
for performing one of the methods described herein.

In some embodiments, a programmable logic device (for example a field programmable
gate array) may be used to perform some or all of the functionalities of the methods de-
scribed herein. In some embodiments, a field programmable gate array may cooperate with
a microprocessor in order to perform one of the methods described herein. Generally, the
methods are preferably performed by any hardware apparatus.

The above described embodiments are merely illustrative for the principles of the present
invention. It is understood that modifications and variations of the arrangements and the
details described herein will be apparent to others skilled in the art. It is the intent, therefore,
to be limited only by the scope of the impending patent claims and not by the specific details
presented by way of description and explanation of the embodiments herein.
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2,

Claims

Apparatus for encoding an audio signal (160), comprising:

a converter (100) for converting the audio signal into a spectral representation;

a scale parameter calculator (110) for calculating a set of scale parameters
based on the audio signal (160);

a spectral processor (120) for processing the spectral representation, or at least
part thereof, using the set of scale parameters, or a modified version thereof;

a scale parameter encoder (140) for generating an encoded representation of
the scale parameters, or of the modified version of the scale parameters, wherein
the scale parameter calculator (110) is configured to calculate an amplitude-related
measure for each band to obtain a set of amplitude-related measures, the scale
parameter calculator (110) being configured to perform (113) a pre-emphasis oper-
ation to the set of amplitude-related measures, so that low frequency amplitudes are
emphasized with respect to high frequency amplitudes according to a tilt value, or
according to a pre-emphasis factor, wherein the scale parameter calculator (110) is
configured to control the tilt value, or to control the pre-emphasis factor, based on a
harmonicity measure (163) of the audio signal, to thereby obtain the set of scale
parameters; and

an output interface (150) to generate an encoded audio signal (170) comprising
information on an encoded representation of the spectral representation, or the at
least part thereof, and information on the encoded representation of the scale pa-
rameters or of the modified version of the scale parameters.

The apparatus of any of the preceding claims, configured to obtain the harmonicity

measure (163) of the audio signal (160) using an autocorrelation measurement of the audio
signal (160).

3.

The apparatus of any of the preceding claims, configured to obtain the harmonicity

measure (163) of the audio signal (160) using a normalized autocorrelation measurement

of the audio signal (160).

4.

The apparatus of any of the preceding claims, wherein the harmonicity measure of

the audio signal is a value between 0 and a value different from zero, so that a lower har-

monicity is closer to 0 than a higher harmonicity.
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5. The audio encoder of any of the preceding claims, wherein the scale parameter
calculator (110) is configured so that a comparatively higher value of the harmonicity meas-
ure (163) of the audio signal (160) causes a higher tilt value, or a higher pre-emphasis

factor, than a comparatively lower value of the harmonicity measure.

6. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to process the amplitude-related measures:

!
b g1t 8

Ep(b) = Eg(b) - d“mmp ),

b-gyi, o
where % is the tilt value, which is an exponent applied to d, where h is fixed, g = 0

is, or is derived from, the harmonicity measure, g is pre-defined, b is an index indicating
the band out of nb+1 bands in such a way that a higher frequency band has a higher index
than a lower frequency band, E(b) is the set of amplitude-related measures and E, (b) is a

pre-emphasized energy per band.

7. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to process the amplitude-related measures by applying the tilt value
to be proportional with at least the harmonicity measure, or the pre-emphasis factor to be
obtained by raising a constant number with an exponent proportional with at least the har-

monicity measure.

8. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to process the amplitude-related measures by applying the tilt value
to be proportional with at least an index which increases with higher bands, or the pre-
emphasis factor obtained by raising a constant number with an exponent proportional with
at least an index which increases with higher bands.

9. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to process the amplitude-related measures by applying the tilt value,
or the pre-emphasis factor, to be dependent on the bandwidth of the spectral representa-

tion.

10. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to process the amplitude-related measures by applying the tilt value
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to be linear with the harmonicity measure, or pre-emphasis factor to be obtained by raising

a constant number with an exponent which is linear with the harmonicity measure.

11, The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to obtain the amplitude-related measures from a squared magnitude
spectrum of the audio signal.

12. The apparatus of claim 11, wherein each amplitude-related measure is obtained as

an integral, or a sum, of squared magnitude values of a spectrum of the audio signal.

13. The apparatus of claim 12, wherein the integral, or sum, of the squared magnitude
values of the spectrum of the audio signal is not normalized using the width of each band.

14. The apparatus of claim 12 or 13, wherein the integral, or sum, of the squared mag-
nitude values of the spectrum of the audio signal is obtained, for each index, by a sum of a
squared modified discrete cosine transform, MDCT, coefficient and a squared modified dis-
crete cosine transform, MDST, coefficient.

15. The apparatus of any of the preceding claims, wherein the converter (100) is con-
figured to perform an MDCT transformation and an MDST transformation, to provide MDCT
coefficients and MDST coefficients, wherein the amplitude-related measure for each band
is obtained as sum of magnitudes of the MDCT coefficients, or a squared version(s) thereof,
and magnitudes of the MDST coefficients, or a squared version(s) thereof.

16. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to control the tilt value or the pre-emphasis factor based on a long
term predictor, LTP, parameter or on a long term post-filter LTPF parameter as the harmon-
icity measure of the audio signal.

17. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to control the tilt value or the pre-emphasis factor based on a spectral
flatness measure as the harmonicity measure of the audio signal.

18. The apparatus of any of the preceding claims, configured to quantize the harmonicity
measure of the audio signal, so as to control the tilt value or the pre-emphasis factor based

on quantized version of the harmonicity measure of the audio signal.
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19. The apparatus of any of the preceding claims, further comprising a downsampler
(130) to downsample the set of scale parameters, which is a first set of scale parameters,
to obtain a second set of scale parameters, which is, or is comprised in, the modified version
of the first set of scale parameters, the second set of scale parameters having a second
number of scale parameters which is lower than a first number of scale parameters of the
first set of scale parameters, wherein the scale parameter encoder (140) is configured to
generate the encoded representation of the second set of scale parameters as the encoded
representation of the modified version of the scale parameters.

20. The apparatus of any of the preceding claims, further comprising a downsampler
(130) to downsample the set of scale parameters, which is a first set of scale parameters,
to obtain a second set of scale parameters (172), the second set of scale parameters (172)
having a second number of scale parameters which is lower than a first number of scale
parameters of the first set of scale parameters (171),

wherein the spectral processor (120) is configured to process the spectral repre-
sentation, or the at least part thereof, using a third set (173) of scale parameters, which is,
or is comprised in, the modified version of scale parameters.

21.  The apparatus of claim 20,
wherein the spectral processor (120) is configured to determine this third set of scale
parameters so that the third number is equal to the first number.

22. The apparatus of any of claims 19-21,

wherein the scale parameter calculator is configured to

calculate, for each band of a plurality of bands of the spectral representation, the
amplitude-related measures in a linear domain to obtain a first set of linear domain
measures;

to transform the first set of linear-domain measures into a log-like domain to ob-
tain the first set of log-like domain measures; and

wherein the downsampler (130) is configured to downsample the first set of
scale factors in the log-like domain to obtain the second set of scale factors in the
log-like domain.

23. The apparatus of any of claims 19-22,



10

15

20

25

30

35

54

WO 2024/223042 PCT/EP2023/061055

24,

wherein the scale parameter calculator (110) is configured to calculate the first
set of scale parameters for non-uniform bands, and

wherein the downsampler (130) is configured to downsample the first set of
scale parameters to obtain a first scale factor of the second set by combining a first
group having a first predefined number of frequency adjacent scale parameters of
the first set, and wherein the downsampler is configured to downsample the first set
of scale parameters to obtain a second scale parameter of the second set by com-
bining a second group having a second predefined number of frequency adjacent
scale parameters of the first set, wherein the second predefined number is equal to
the first predefined number, and wherein the second group has members that are
different from members of the first predefined group.

The apparatus of any of claims 19-23, wherein the downsampler (130) is configured

to use an average operation among a group of first scale parameters, the group having two

or more members.

25.

26.

27.

28.

29.

The apparatus of any of claims 19-24,
wherein the downsampler (130) is configured to perform a mean value removal

(133) so that the second set of scale parameters is mean free.

The apparatus of any of claims 19-25,
wherein the downsampler (130) is configured to perform a scaling operation
(134) using a scaling factor lower than 1.0 and greater than 0.0 in a log-like domain.

The apparatus of any of claims 19-26,

configured to provide a second set of quantized scale factors associated with
the encoded representation (142), and

wherein the spectral processor (120) is configured to derive the third set of scale
factors from the second set of quantized scale factors (145).

The apparatus of any of claims 19-27,
configured to quantize and encode the second set using a vector quantizer
(141), wherein the encoded representation comprises one or more indices (146) for

one or more vector quantizer codebooks.

The apparatus of any of the preceding claims,
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30.

31.

32.

33.

wherein the spectral processor (120) is configured to perform an interpolation
operation (121) in a log-like domain, and

to convert (122) interpolated scale factors into a linear domain to obtain a third
set of scale parameters.

The apparatus of any of the preceding claims,

wherein the scale parameter calculator (110) is configured to calculate an am-
plitude-related measure for each band to obtain a set of amplitude-related measures
(111), and

to smooth (112), the energy-related measures to obtain a set of smoothed am-
plitude-related measures as the set of scale factors.

The apparatus of any of the preceding claims,

wherein the spectral processor (120) is configured to weight (123) spectral val-
ues in the spectral representation using the set of scale factors, or modified version
thereof, to obtain a weighted spectral representation and to apply a temporal noise
shaping, TNS, operation (124) onto the weighted spectral representation, and

wherein the spectral processor (120) is configured to quantize (125) and encode
a result of the temporal noise shaping operation (124) to obtain the encoded repre-
sentation of the spectral representation.

The apparatus of any of the preceding claims,

wherein the converter (100) uses an analysis window (101) to generate a se-
quence of blocks of windowed audio samples, and a time-spectrum converter (102)
for converting the blocks of windowed audio samples into a sequence of spectral
representations, a spectral representation being a spectral frame or a spectrum of
the audio signal.

The apparatus of any of the preceding claims,

wherein the converter (100) is configured to apply a modified discrete cosine
transform, MDCT, operation to obtain an MDCT spectrum from a block of time do-
main samples, or

wherein the scale factor calculator is configured to calculate, for each band, an
energy of the band, the calculation comprising squaring spectral lines, adding
squared spectral lines, or
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wherein the spectral processor (120) is configured to scale (123) spectral values
of the spectral representation or to scale (123) spectral values derived from the
spectral representation in accordance with a band scheme, the band scheme being
identical or different to the band scheme used in calculating the set of scale factors
by the scale factor calculator (110), or

wherein the spectral processor is configured to calculate a global gain for all
bands and to quantize (125) the spectral values subsequent to a scaling (123) de-
pending on the scale factors using a scalar quantizer, wherein the spectral processor
(120) is configured to control a step size of the scalar quantizer (125) dependent on
the global gain.

34. The apparatus of any of the preceding claims, wherein the scale parameter calcula-
tor (110) is configured to obtain the set of amplitude-related measures as a set of energies
per bands.

35 The apparatus of any of the preceding claims, wherein the converter (100) is con-
figured to perform a first conversion to obtain a first part of the spectral representation and
a second conversion to obtain a second part of the spectral representation, or wherein the
converter (100) is configured to perform a single conversion to obtain the spectral repre-
sentation that has a first part of the spectral representation and a second part of the spectral
representation, wherein the first part of the spectral representation is provided to the spec-
tral processor (120), and the second part of the spectral representation is not processed by
the spectral processor (120), and both the first part of the spectral representation and the
second part of the spectral representation are provided to the scale parameter calculator to
calculate the set of scale parameters based on both the first part of the spectral represen-
tation and the second part of the spectral representation.

36. The apparatus of claim 35, wherein the first part of the spectral representation is
formed by MDCT coefficients and the second part of the spectral representation is formed
by MDST coefficients, or the first part of the spectral representation is formed by MDST
coefficients and the second part of the spectral representation is formed by MDCT coeffi-

cients.

37. The apparatus of claim 35 or 36, wherein the scale parameter calculator (110) is
configured to obtain the amplitude-related measures from the first part of the spectral rep-

resentation, squared, summed to the second part of the spectral representation, squared.
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38. The apparatus of any of the preceding claims, wherein the scale parameter calculator

(110) is configured to obtain the amplitude-related measures from the spectral representa-

tion, or at least part thereof.

39.

40.

Method for encoding an audio signal (160), comprising:

converting the audio signal into a spectral representation;

calculating a set of scale parameters based on the audio signal (160);

processing the spectral representation, or at least part thereof, using the set of
scale parameters, or a modified version thereof;

generating an encoded representation of the scale parameters, or of the modi-
fied version of the scale parameters,

wherein calculating includes calculating an amplitude-related measure for each
band to obtain a set of amplitude-related measures, wherein calculating comprises
performing (113) a pre-emphasis operation to the set of amplitude-related
measures, so that low frequency amplitudes are emphasized with respect to high
frequency amplitudes according to a tilt value, or according to a pre-emphasis factor,
wherein calculating comprises controlling the tilt value or controlling the pre-empha-
sis factor based on a harmonicity measure of the audio signal, to thereby obtain the
set of scale parameters;

the method comprising generating an encoded audio signal (170) comprising
information on an encoded representation of the spectral representation, or the at
least part thereof, and information on the encoded representation of the scale pa-
rameters or of the modified version of the scale parameters.

A non-transitory storage unit storing instruction which, when executed by a proces-

sor, cause the processor to control or perform the method of claim 39.



