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segment, derlving a second quantization error that Iis descriptive of an error resulting with a predictive quantization of said audio
parameter of said audio sighal segment, determining whether said second guantization error exceeds said first quantization error
by at least an adaptive margin that is dependent on the number of consecutive audio sighal segments that precede said audio
sighal segment In which said audio parameter Is provided quantized with said predictive quantization, providing said audio
parameter of sald audio segment guantized with said non- predictive quantization as part of an encoded audio signal at least In
case the outcome of sald determination Is affirmative, and providing otherwise said audio parameter of said audio segment
quantized with said predictive quantization as part of an encoded audio signal.
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(57) Abstract: A technique for audio encoding 1s provided. According to an
example embodiment, the technique comprises deriving a first quantization er-
ror that 1s descriptive of an error resulting with a non-predictive quantization
of an audio parameter of an audio signal segment, deriving a second quantiza -
tion error that is descriptive of an error resulting with a predictive quantization
of said audio parameter of said audio signal segment, determining whether
said second quantization error exceeds said first quantization error by at least
an adaptive margin that 1s dependent on the number of consecutive audio sig-
nal segments that precede said audio signal segment in which said audio para-
meter 1s provided quantized with said predictive quantization, providing said
audio parameter of said audio segment quantized with said non- predictive
quantization as part of an encoded audio signal at least in case the outcome of
said determination 1s atfirmative, and providing otherwise said audio paramet-
er of said audio segment quantized with said predictive quantization as part of
an encoded audio signal.
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Audio parameter quantization

TECHNICAL FIELD

The example and non-limiting embodiments of the present invention relate in
general to the field of audio coding and more specifically to the field of audio

quantization.

BACKGROUND

Audio encoders and decoders are used for a wide variety of applications in
communication, multimedia and storage systems. An audio encoder is used
for encoding audio signals, like speech, in particular for enabling an efficient
transmission or storage of the audio signal, while an audio decoder
constructs a synthesized signal based on a received encoded signal. A pair

of an audio encoder and an audio decoder is referred to as an audio codec.

When implementing an audio codec, it is thus an aim to save transmission
and storage capacity while maintaining a high quality of the synthesized
audio signal. Also robustness in respect of transmission errors is important,
especially with mobile and voice over internet protocol (VolP) applications.
On the other hand, the complexity of the audio codec is limited by the
processing power of the application platform.

A speech codec (including a speech encoder and a speech decoder) may be
seen as an audio codec that is specifically tailored for encoding and decoding
speech signals. In a typical speech encoder, the input speech signal iIs
processed in segments, which are called frames. Typically the frame length
is from 10 to 30 ms, whereas a lookahead segment covering e.g. 5-15 ms in
the beginning of the immediately following frame may be available for the
coder in addition. The frame length may be fixed (e.g. to 20 ms) or the frame
length may be varied from frame to frame. A frame may further be divided

into a number of sub frames. For every frame, the speech encoder
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determines a parametric representation of the input signal. The parameters
are guantized and transmitted through a communication channel or stored in
a storage medium in a digital form. At the receiving end, the speech decoder
constructs synthesized signal based on the received parameters.

The construction of the parameters and the quantization are usually based
on codebooks, which contain codevectors optimized for the respective
guantization task. In many cases, high compression ratios require highly
optimized codebooks. Often the performance of a quantizer can be improved
for a given compression ratio by using prediction from one or more previous
frames and/or from one or more following frames. Such a quantization will be
referred to in the following as predictive quantization, in contrast to a non-
predictive quantization which does not rely on any information from preceding
frames. A predictive quantization exploits a correlation between a current
audio frame and at least one neighboring audio frame for obtaining a
prediction for the current frame so that for instance only deviations from this

orediction have to be encoded. This requires dedicated codebooks.

Predictive quantization, however, might result in problems in case of errors in
transmission or storage. With predictive quantization, a new frame cannot be
decoded perfectly, even when received correctly, if at least one preceding
frame on which the prediction is based is erroneous or missing. It is therefore
useful to apply a non-predictive quantization instead of predictive one once in
a while, e.qg. at predefined intervals (of fixed number of frames), in order to
prevent long runs of error propagation. For such an occasional non-predictive
quantization, which is also referred to as “safety-net” quantization, one or
more selection criteria may be applied to select one of predictive quantization
and non-predictive quantization on frame-by-frame basis to limit the error

propagation in case of a frame erasure.



SUMMARY

According to an example embodiment, a method for encoding an audio signal
by processing a sequence of audio signal segments is provided, the method
comprising: deriving a first quantization error that is descriptive of an error
resulting with a non-predictive quantization of a parametric representation of
an audio signal segment; deriving a second quantization error that is
descriptive of an error resulting with a predictive quantization of said
parametric representation of the audio signal segment; determining whether
said second quantization error exceeds said first quantization error by at least
an adaptive margin that is dependent on the number of consecutive audio
signal segments that precede said audio signal segment in which said
parametric representation of the audio signal segment is provided quantized
with said predictive quantization; providing said parametric representation of
the audio signal segment quantized with said non-predictive quantization as
part of an encoded audio signal at least in case the outcome of said
determination is affirmative; and providing otherwise said parametric
representation of the audio signal segment quantized with said predictive

quantization as part of the encoded audio signal.

According to another example embodiment, an apparatus for encoding an
audio signal by processing a sequence of audio signal segments is provided, ‘
the apparatus configured to: derive a first quantization error that is descriptive
of an error resulting with a non-predictive quantization of a parametric
representation of an audio signal segment; derive a second quantization error
that is descriptive of an error resulting with a predictive quantization of said
audio parameter of said parametric representation of the audio signal
segment; determine whether said second quantization error exceeds said first
quantization error by at least an adaptive margin that is dependent on the
number of consecutive audio signal segments that precede said audio signal
segment In which said parametric representation of the audio signal segment
s provided quantized with said predictive quantization: provide said
parametric representation of the audio signal segment quantized with said

non-predictive quantization as part of an encoded audio signal at least in case
CA 2959450 2018-06-15
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the outcome of said determination is affirmative; and provide otherwise said

parametric representation of the audio signal segment quantized with said

predictive quantization as part of the encoded audio signal.

According to another example embodiment, an apparatus is provided, the
apparatus comprising means for deriving a first quantization error that is
descriptive of an error resulting with a non-predictive quantization of an audio
parameter of an audio signal segment, means for deriving a second
quantization error that is descriptive of an error resulting with a predictive
quantization of said audio parameter of said audio signal segment, means for
determining whether said second quantization error exceeds said first
quantization error by at least an adaptive margin that is dependent on the
number of consecutive audio signal segments that precede said audio signal
segment In which said audio parameter is provided quantized with said
predictive quantization, means for providing said audio parameter of said
audio segment quantized with said non-predictive quantization as part of an
encoded audio signal at least in case the outcome of said determination is
affirmative, and means for providing otherwise said audio parameter of said
audio segment quantized with said predictive quantization as part of an

encoded audio signal.

According to another example embodiment, a computer program is provided,
the computer program comprising computer readable program code
configured to cause performing at least the following when said program code
s executed on a computing apparatus: deriving a first quantization error that is
descriptive of an error resulting with a non-predictive quantization of an audio

parameter of an audio signal segment, deriving a second quantization error

that is descriptive of an error resulting with a predictive quantization of said
audio parameter of said audio signal segment, determining whether said
second quantization error exceeds said first quantization error by at least an
adaptive margin that is dependent on the number of consecutive audio signal
segments that precede said audio signal segment in which said audio

parameter Is provided quantized with said predictive quantization, providing

said audio parameter of said audio

CA 2959450 2018-06-15
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segment quantized with said non-predictive quantization as part of an
encoded audio signal at least in case the outcome of said determination is
affirmative, and providing otherwise said audio parameter of said audio
segment quantized with said predictive quantization as part of an encoded

audio signal.

The computer program referred to above may be embodied on a volatile or a
non-volatile computer-readable record medium, for example as a computer
program product comprising the computer program according to above

example embodiment stored in said record medium.

The exemplifying embodiments of the invention presented in this patent
application are not to be interpreted to pose limitations to the applicability of
the appended claims. The verb "to comprise” and its derivatives are used In
this patent application as an open limitation that does not exclude the
existence of also unrecited features. The features described hereinafter are

mutually freely combinable unless explicitly stated otherwise.

Some features of the invention are set forth in the appended claims. Aspects
of the invention, however, both as to its construction and its method of
operation, together with additional objects and advantages thereof, will be
best understood from the following description of some example

embodiments when read in connection with the accompanying drawings.

BRIEF DESCRIPTION OF FIGURES

The embodiments of the invention are illustrated by way of example, and not

by way of limitation, in the figures of the accompanying drawings.

Figure 1 schematically illustrates some components of a system according to

an example embodiment.

Figure 2 illustrates a method according to an example embodiment.
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Figure 3 illustrates a method according to an example embodiment.

Figure 4 illustrates a method according to an example embodiment.

Figure 5 illustrates a method according to an example embodiment.

Figure 6 schematically illustrates some components of an apparatus

according to an example embodiment.

DESCRIPTION OF SOME EMBODIMENTS

Even though the safety-net quantization approaches outlined in the foregoing
may be applied to provide an improvement over pure predictive guantization
in terms of the overall coding performance with and without errors in storage
or transmission, a considerable problem due to the predictive character of the

guantization may still remain.

Normally, depending on characteristics of the input audio signal, predictive
guantization may provide quantization performance exceeding that of the
non-predictive quantization in up to 70 to 90% of the frames. The superior
performance of the predictive quantization may be especially pronounced
during segments of speech signal that exhibit stationary spectral
characteristics (e.g. voiced speech), which may extend over tens of
consecutive frames, thereby possibly leading to long streaks of consecutive

frames for which predictive quantization is applied.

As an example, one approach for improving the overall performance of the
safety-net approach outlined in the foregoing by increasing the usage of the
non-predictive quantization includes using a preference gain to favor the non-
predictive quantization over the predictive one despite the better quantization
performance provided by the predictive quantization. That is, the predictive
guantization might be required to outperform the non-predictive one by a

fixed predefined margin (or by a fixed predefined tactor) in order to the
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predictive gquantization to be selected over the non-predictive one. As an
example in this regard, the requirement for selecting the predictive
guantization may include that the predictive guantization must be e.g. 1.3
times better in terms of quantization error than the non-predictive
guantization (e.g. such that the quantization error resulting with the predictive
quantization multiplied by 1.3 must be smaller than the quantization error
resulting with the non-predictive quantization for the same frame), thus
reducing the usage of predictive quantization. This option results in
shortening the streaks of consecutive frames quantized with the predictive
guantization (in dependence of the applied value of the fixed predefined
margin) and is hence suited to increase the robustness in respect of errors in
transmission or storage, while on the other hand it may decrease the
guantization performance in case of a clean transmission channel or error-
free storage. Moreover, selecting the value for such predefined fixed margin
may not be a straightforward task, thereby running a risk of resulting in
shorter than desired or longer than desired streaks of consecutive frames

guantized with the predictive quantization.

As another example, the performance of the safety-net approach involves
setting a maximum value for a streak of consecutive frames quantized with
the predictive quantization. While this approach is effective in limiting the
maximum length of the error propagation in case of a frame erasure or frame
error, it fails to account for differences in the performance improvement
orovided by the predictive quantization in audio signals of different
characteristics. Therefore, also this approach involves a risk of resulting in
shorter than desired or longer than desired streaks of consecutive frames
guantized with the predictive quantization. Moreover, forced termination of a
streak of consecutive predictively quantized frames may occur in a frame
where the guantization performance of the predictive quantization is superior
to that of the non-predictive quantization, thereby imposing a risk of a serious

short-term audio quality degradation.
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The present invention proceeds from the consideration that using the safety-
net approach to discontinue a streak of predictively quantized frames by
forcing a non-predictively quantized frame serves to pre-emptively avoid
possible error propagation, while on the other hand the forced discontinuation
of the streak of predictively quantized frames, especially in a frame where the
performance improvement provided by the predictive quantization s
significant, is likely to compromise the overall quantization performance at
short term and hence lead to compromised audio quality. It is therefore
oroposed that the selection criteria applied in selecting between predictive
and non-predictive quantization for a given frame is arranged to cause
oreferring the non-predictive quantization over the predictive quantization by
a factor that is increased with increasing length of a streak of consecutive
frames for which the predictive quantization has been selected. In parallel,
one or more further selection criteria may be evaluated for selecting between
predictive and non-predictive quantizations.

Consequently, embodiments of the present invention provides a possibility of
increasing the audio coding performance in case of channel errors by
contributing towards shortening of extensively long streaks of consecutive
frames in which the predictive quantization has been applied while still
making use of the superior performance of the predictive quantization as long
as the performance clearly exceeds that of the non-predictive quantization.
While such an approach may result in increasing the objective average
guantization error, the selection criteria can be tailored to guarantee keeping
the quantization error at a level that renders any possibly resulting inaccuracy
in modeling of the audio signal small enough for the error to be hardly audible
or not audible at all.

Spectral distortion (SD) is an example of a commonly applied measure to
indicate the amount of quantization error, and SD is also suited for evaluating
audibility of a quantization error. It may be assumed, for instance, that if a SD
due to a quantization lies below 1 dB, the distortion is typically inaudible by a

human hearing. In the safety-net approach this fact may be made use of, for
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example, by selecting the non-predictive quantization whenever it yields a SD
that is below a predefined threshold, e.g. 1 dB. To further illustrate this
aspect, in general it iIs not necessary to quantize a particular audio signal
segment e.g. with predictive quantization to obtain for instance a very low SD
of 0.5 dB, if the non-predictive quantization of the same audio signal segment
results in a SD of 0.9 dB, which is already sufficient from the human hearing
point of view. In such a case, although the objective quantization error
resulting from the non-predictive quantization is larger for the individual audio
signal segment, the resulting quantization error can be still considered
inaudible and hence it may be advantageous to select the non-predictive
guantization for this particular audio segment to facilitate limiting or
preventing propagation of quantization error due to a frame erasure or frame
loss : If there were an audio signal segment erasure or loss prior to this audio
signal segment, the predictive quantization would perform poorly, but the
parameters obtained from a non-predictive quantization could be decoded
perfectly. In such an approach, an improvement due to usage of the non-
predictive quantization instead of the predictive one becomes audible only for
the audio signal segments with one or more errors, while for clear channels
there is typically no audible degradation. Consequently, such technique may
be applied as part of the safety-net approach to contribute towards sufficient
quantization quality in both clean channel conditions and in presence of
frame erasures/errors, possibly in parallel with further selection criteria for

selection between the predictive and non-predictive quantizations.

As becomes apparent from the description in the foregoing, a suitable error
measure that may be compared with a predetermined threshold may thus be
related to a spectral distortion over a frequency range between the original
audio signal segment and an audio signal segment resulting with a
guantization. Such error measure may be calculated for both the predictive
guantization and the non-predictive quantization. Calculating the error
measure in terms of spectral distortion over the frequency range is also

suited, for instance, for immittance spectral frequency (ISF) parameters or
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ine spectral frequency (LSF) parameters belonging to an audio signal

segment.

The spectral distortion SD for a respective audio signal segment (e.g. a

frame of the audio signal) can be represented by the following equation:

SD =%J?[log S(’a))—logf(a))]zda), (1)

where 5‘((0) and S(w) are the spectra of the speech frame with and without

guantization, respectively. While this spectral distortion would be, for
instance, a particularly exact measure for the codebook and quantization
selection of linear predictive coding (LPC) parameters in an audio segment,
the computational effort for determining the spectral distortion in accordance
with the equation (1) could be reduced by using computationally more

straightforward methods.

In the regard, the considered error measure may comprise an error measure
that at least approximates the spectral distortion (e.g. according to the
equation (1)). Such an error measure may be obtained, for example, by
combining weighted errors between a component of the original audio signal
segment and a corresponding component of the audio signal segment
resulting with the quantization. The error measure may be e.g. a psycho
acoustically meaningful error measure, obtained for example by combining
weighted mean square errors, where the weighting of errors provides a
psycho acoustically meaningful weighting. The expression psycho
acoustically meaningful weighting means that those spectral components in
an audio signal that are recognized by the human ear are emphasized In
comparison to those that are apparently not recognized by the human ear.
Such weighting may be provided by a set of weighting factors that may be
applied to multiply respective components of the to-be-weighted audio signal
segment or respective components of the to-be-weighted audio parameter to
form a set of weighted components, which weighted components are then
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combined (e.g. summed) to form the weighted error measure. Suitable
weighting factors for this purpose may be calculated in several ways.

An example of such a psycho acoustically meaningful error may comprise a
weighted error, e.g. a weighted mean square error, between original
(unquantized) ISF parameters and corresponding quantized |SF parameters.
As another example, a psycho acoustically meaningful error may comprise a
weighted error, e.g. a weighted mean sqguare error between original
(unquantized) LSF parameters and corresponding quantized LSF

parameters.

In general, it Is to be understood that the considered error measure may be
determined based on the entirely quantized audio signal segment or on a
partially quantized audio signal segment, for instance based on one or more
selected guantized parameters In the respective audio signal segment, e.qg.

the ISF parameters or the LSF parameters referred to in the foregoing.

Figure 1 depicts a schematic block diagram of an exemplary system, in which
a selection of a predictive or non-predictive quantization in accordance with
an embodiment of the invention can be implemented. In this text, the terms
non-predictive quantization and safety-net quantization will be used

synonymously.

The system illustrated in Figure 1 comprises a first electronic device 100 and
a second electronic device 150. The first electronic device 100 is configured
to encode audio data, e.g. for a wideband transmission, and the second
electronic device 150 is configured to decode encoded audio data. The first
electronic device 100 comprises an audio input component 111, which is
inked via a chip 120 to a transmitting component (TX) 112. The audio input
component 111 can be for instance a microphone, a microphone array, an
interface to another device providing audio data or an interface to a memory

or a file system from which audio data can be read.
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The chip 120 can be for instance an integrated circuit (1C), which includes
circuitry for an audio encoder 121, of which selected functional blocks are
llustrated schematically. They include a parameterization component 124
and a quantization component 125. The transmitting component 112 is
configured to enable a transmission of data to another device, for example to
electronic device 150, via a wired or a wireless link. The encoder 121 or the
chip 120 could be seen as an exemplary apparatus according to the
invention, and the quantization component as representing corresponding

processing components.

The electronic device 150 comprises a receiving component 162, which is
inked via a chip 170 to an audio output component 161. The receiving
component 162 is configured to enable a reception of data from another
device, for example from electronic device 100, via a wired or a wireless link.
The chip 170 can be for instance an integrated circuit (IC), which includes
circuitry for an audio decoder 171, of which a synthesizing component 174 is
llustrated. The audio output component 161 can be for instance a
loudspeaker or an interface to another device, to which decoded audio data

IS to be forwarded.

't is to be understood that the depicted connections of Figure 1 can be

realized via various components not shown therein.

An operation in the system of Figure 1 will now be described in more detall

with references to Figures 2 to 5.

Figure 2 depicts a flow chart illustrating the operation in the audio encoder
121 as steps of an exemplifying method 200. When an audio signal is input
to electronic device 100, for example via the audio input component 111, it
may be provided to the audio encoder 121 for encoding. Before the audio
signal is provided to the audio encoder 121, it may be subjected to some pre-
orocessing. In case an input audio signal is an analog audio signal, for

instance, it may first be subjected to an analog-to-digital conversion, etc.
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The audio encoder 121 processes the audio signal for instance in audio
frames of 20 ms, using a lookahead of 10 ms. Each audio frame constitutes
an audio signal segment. The parameterization component 124 first converts
the current audio frame into a parameter representation (step 201). The
parameter representation for an audio frame of the audio signal may include
one or more audio parameters that are descriptive of the audio signal in the
frame, whereas an audio parameter may be a scalar (single) parameter or a
vector parameter. In the following example, processing according to various
embodiments of the present invention is described with references to the LSF

and/or ISF parameters in an exemplifying and non-limiting manner.

The quantization component 125 performs on the one hand a non-predictive
guantization of one or more parameters of the audio frame (step 211) e.g. by
using a non-predictive codebook. The quantization component 125 may
perform a quantization of selected parameters only at this stage, while further
parameters may be quantized at a later stage (e.g. after selection of one of
the predictive and non-predictive quantizations on basis of step 203). In
addition, the quantization component 125 derives a value of an error
measure that is descriptive of a quantization error E; resulting with a non-
oredictive quantization of the one or more audio parameters of the audio
frame (step 212). Using a LSF vector comprising the LSF parameters that
are descriptive of spectral characteristics of the audio frame as an example,
the quantization error £ may comprise e.g. a mean sguare error between
the LSF parameters quantized with the non-predictive quantization and the
original (unguantized) LSF parameters for the audio frame or a weighted
mean square error between the LSF parameters quantized with the non-
predictive gquantization and the original (unquantized) LSF parameters for the
audio frame, where the weighting i1s a psycho acoustically meaningful
weighting.

The guantization component 125 performs, on the other hand, a predictive
guantization of one or more parameters of the audio frame (step 221) e.q. by

using a predictive codebook. The gquantization component 125 may perform
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again a quantization of selected parameters only at this stage (e.g. after
selection of one of the predictive and non-predictive quantizations on basis of
step 203), while further parameters may be quantized at a later stage. In
addition, the quantization component 125 derives a value of an error
measure that is descriptive of a quantization error E> resulting with a
oredictive quantization of the one or more audio parameters of the audio
frame (step 222). As in case of step 212, using the LSF vector as an example
of an audio parameter, the quantization error E1 may comprise €.g. a mean
square error or a (psycho acoustically) weighted mean square error between
the LSF parameters quantized with the predictive quantization and the

original (ungquantized) LSF parameters for the audio frame.

The predictive quantization may comprise, for example, using any prediction
method known in the art to compute a predicted value of an audio parameter
(e.g. an LSF vector or a component thereof) in the current audio frame / on
basis of the value of the respective audio parameter (e.qg. the LSF vector or a
component thereof) in one or more frames preceding the audio frame i (e.qg.
audio frames i — J, where =1, ..., jnax) @nd/or on basis of one or more frames
following the audio frame / (e.g. audio frames i + k, where k=1, ..., knax) and
using a quantizer to quantize the difference between the original
(unquantized) value of the audio parameter in the current audio frame and

the predicted value (e.g. on basis of a predictive codebook).

In this regard, the quantization component 125 may apply a linear prediction
or a non-linear prediction model for the predictive quantization. As an
llustrative and non-limiting example, the prediction In this regard may
comprise computing the predicted value of the audio parameter for audio
frame 7/ on basis of the value of the respective audio parameter in the closest
(e.g. the most recent) preceding audio frame /i — 1 using one of an
autoregressive (AR) prediction model, a moving average (MA) prediction

model and an autoregressive moving average (ARMA) prediction model.
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Next, the quantization component 125 selects either a non-predictive
guantization or a predictive quantization for the current audio frame based on
the determined respective quantization errors E; and E.. In this regard, the
guantization component 125 may determine whether the guantization error
E> exceeds the quantization error £4 by at least an adaptive margin M (step
203). The adaptive margin M is dependent on the number of consecutive
frames that precede the current audio frame in which the one or more audio
parameters are provided quantized with predictive quantization. In other
words, the adaptive margin M for the current frame is dependent on the
number of frames between the closest preceding audio frame for which the
non-predictive quantization has been selected and the current frame. This
number of frames may be denoted as the (current) prediction streak length L.

Determination of the adaptive margin M is described later in this text.

it the determination in step 203 is affirmative, i.e. in case the quantization
error Eo> exceeds the quantization error E4 by at least the adaptive margin M,
the quantization component 125 provides one or more audio parameters of
the current audio frame guantized with the non-predictive quantization (step
213) as part of encoded audio signal. In contrast, if the determination in step
203 is not affirmative, i.e. in case the quantization error E; fails to exceed the
guantization error E; by at least the adaptive margin M, the gquantization
component 125 provides one or more audio parameters of the current audio
frame quantized with the predictive quantization (step 223) as part of
encoded audio signal.

The guantization component 125 may, alternatively or additionally, apply one
or more further criteria that may cause selection of the non-predictive
guantization and hence the method 200 may be varied, for example, by
introducing one or more additional determination or selection steps before or
after step 203. As an example in this regard, in a variation of the method 200
the quantization component 125 may determine before step 203 whether the
guantization error E4 is smaller than a predefined threshold E;, proceed to

step 213 in case this determination is affirmative, and proceed to step 203 in



CA 02859450 2017-02-27

WO 2016/030568 PCT/FI12014/050658

10

15

20

25

16

case this determination is not affirmative. The threshold E; may be a
threshold below which the quantization error £; may be considered to be
inaudible. An appropriate value for the threshold E is different for different
audio parameters and possible different weighting functions applied for
weighting the quantization error, and it has to be calculated by trial-and-error
oft-line. But once a proper value for the threshold Eg has been found, the
computational complexity increase at the encoder due to the verification In
step 302 I1s minimal. As an example, the threshold Ex may be set a value

corresponding to a SD in the range from 0.8 to 1.0 dB, e.g. 0.9 dB.

As an example of determining the adaptive margin M in dependence of the
prediction streak length L, the margin M may be increased from its initial
value My by a predefined amount M. for each audio frame between the
current audio frame and the closest preceding audio frame for which the non-

predictive quantization has been selected.

As another example of determining the adaptive margin M in dependence of
the prediction streak length L, the margin M may be increased from its initial
value My, by a predefined amount M for each audio frame in excess of a
oredefined threshold Lo between the current audio frame and the closest
preceding audio frame for which the non-predictive quantization has been
selected. In other words, the margin M may be increased from its initial value
Mo by a predefined amount M (L — Lo) times, provided that L is larger than
Lo.

As an example, the threshold Lo may be set to a fixed predetermined value,
for instance to three (e.g. Lo = 3), but equally to any other desired value. As
another example, the value of the threshold Lo may be set (or adjusted) in
dependence of the audio characteristics of the current frame and/or one or
more frames immediately preceding the current frame. As a further example,
the value of the threshold Lo may be set (or adjusted) in dependence of an
encoding mode applied by the audio encoder 121 or by the quantization
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component 125 for the current frame and/or for one or more frames
immediately preceding the current frame.

In the framework of the method 200, the adaptive margin M is either reset to
the initial value My (step 214) for the next audio frame Iin case the non-
oredictive quantization has been selected for the current audio frame or
adapted (step 224) by the predefined amount M; for the next audio frame In
case the predictive quantization has been selected for the current audio

frame.

As another example, resetting the adaptive margin M (step 214) and/or
adaptation of the adaptive margin M (step 224) may take place, on basis of
the quantization selected for the closest preceding frame (i.e. the most recent
oreceding frame), after reception of the next audio frame but before
comparison of the guantization errors E4 and E, (in step 203) instead. As a
further example, instead of explicitly resetting the adaptive margin M (step
214) and adjusting the adaptive margin M (step 224), the adaptive margin M
may be computed on basis of the prediction streak length L or on basis of the
prediction streak length L and the predefined threshold L,. or the adaptive
margin M may be obtained from a table accessible by the quantization
component 125, which table stores values of the adaptive margin M over a
desired range of values of the prediction streak length L. Examples in this

regard will be described later in this text.

The initial value M, for the adaptive margin M may be zero or substantially
zero. Alternatively, the initial value Mg for the adaptive margin M may be
slightly above zero. Using an initial value M, slightly above zero serves to
ensure preferring the non-predictive quantization over the predictive
guantization even when the prediction streak length L is zero (or below the
threshold Lo). The predefined amount Ms by which the adaptive margin M is
to be adjusted for use in the following audio frame may be a small positive
value in order to gradually increase the adaptive margin M frame by frame in

order to, finally, practically force provision of the one or more audio
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parameters of an audio frame quantized with the non-predictive quantization

as part of encoded audio signal.

Figure 3 depicts a flow chart illustrating the operation in the audio encoder 121
as steps of an exemplifying method 300. The method 300 serves as an
example embodiment within the framework described in the foregoing with
references to the method 200. The method 300 shares the steps 201, 211 and
221 with the method 200.

In the method 300, the quantization component 125 may derive a quantization
error ;e resulting with a non-predictive quantization of the one or more audio
parameters of the current audio frame (step 312). As an example, the
quantization error gs..es may comprise a mean square error between the audio
parameters quantized with the non-predictive quantization and the respective
original (unquantized) audio parameters in the current audio frame. As
another example, the quantization error g5, may comprise a psycho
acoustically relevant error measure, such as a SD or a (psycho acoustically)
weighted mean square error between the audio parameters quantized with the
non-predictive quantization and the respective original (unquantized) audio
parameters in the current audio frame. Using the LSF parameters as an
example of one or more audio parameters, the quantization error g, may be
provided e.g. as a weighted mean square error between the LSF parameters
quantized with the non-predictive quantization and the original LSF

parameters for current frame i e.g. in accordance with equation (2).

pr=()

. Neloo,i, . ; P
El . =) W (QLsfs, — Lsf])?, (2)

where N is the length of the quantized vector (e.g. the number of elements in

the vector), where QLsfs', is a safety-net quantized optimal LSF vector value p
for frame /i, where Lsf’ is the original, unquantized LSF vector value p for

frame i, and where w ', is @ psycho acoustically relevant weighting vector

CA 2959450 2018-06-15
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value p for frame /i In this regard, examples of a suitable weighting vector

W' include the weighting function weny described in section 6.8.2.4 of the
ITU-T Recommendation G.718 (06/2008), Frame error robust narrow-band
and wideband embedded variable bit-rate coding of speech and audio from
8-32 kbit/s (where the acronym I[TU-T stands for the International
Telecommunication Union, Telecommunication standardization sector) and
the weighting vector wpy described in section 6.8.2.6 of said [TU-T

Recommendation G.718.

Continuing description of the method 300, the quantization component 125
may derive a quantization error Epeq resulting with a non-predictive
quantization of the one or more audio parameters of the current audio frame
(step 322). As an example, the quantization error E,.q may comprise a mean
square error between the audio parameters quantized with the predictive
guantization and the respective original (unguantized) audio parameters In
the current audio frame. As another example, the quantization error E, .y may
comprise a psycho acoustically relevant error measure, such as a SD or a
(psycho acoustically) weighted mean sqguare error between the audio
parameters quantized with the predictive quantization and the respective
original (unguantized) audio parameters in the current audio frame. Using,
again, the LSF parameters as an example of one or more audio parameters,
the quantization error Epreqd may be provided €.g. as a weighted mean square
error between the LSF parameters quantized with the predictive quantization
and the original LSF parameters for current frame 7/ e.g. in accordance with

equation (3).
Elu =2 W, (QLsfp, —Lsf )™, (3)

where N is again the length of the quantized vector (e.g. the number of

elements in the vector), where QLsfp’, is a predictive quantized optimal LSF

vector value p for frame i/, where Lsf; IS again the original, unquantized LSF
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vector value p for frame i/, and where W;, IS again a psycho acoustically

relevant weighting vector value p for frame i, e.g. according to the equation

(8). Moreover, the considerations regarding a suitable weighting vector w*

orovided n context of the equation (2) are valid also for the equation (3).

Still continuing description of the method 300, the quantization component
125 selects either the predictive or non-predictive guantization based on the
quantization errors Es..er @nd Epeq. IN particular, the quantization component
125 may determine whether a scaled value of the quantization error Es.per is
smaller than the quantization error Epeq, Wherein Esner is the quantization
error Ecner Scaled by the current value of an adaptive scaling factor m, e.qg.

d

E ..,=mE_ . (step 303).
f the determination in step 303 is affirmative, i.e. in case the quantization
error E.net Scaled by the current value of an adaptive scaling factor m is
smaller than the quantization error Epeq the quantization component 125
provides one or more audio parameters of the current audio frame, e.g. at
least the LSF parameters, quantized with the non-predictive quantization
(step 213) as part of encoded audio signal. In contrast, if the determination in
step 303 is not affirmative, i.e. in case the quantization error Eg e SCaled by
the current value of an adaptive scaling factor m is not smaller than the
guantization error Epeq, the quantization component 125 provides one or
more audio parameters of the current audio frame, e.g. at least the LSF
parameters, quantized with the predictive quantization (step 223) as part of
encoded audio signal.

Still in the method 300, in case the quantization component 125 has selected
the non-predictive quantization for the one or more audio parameters in the
current audio frame i, the quantization component 125 may further reset the
adaptive scaling factor m for use by the quantization component 125 in the

next audio frame Ji+71 by setting the adaptive scaling factor m to an initial
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value mp, i.e. set m = my (step 314). This corresponds to resetting the
adaptive margin Mto its initial value My in step 214 of the method 200.

In contrast, In case the quantization component 125 has selected the
oredictive quantization for the one or more audio parameters in the current
audio frame |/, the quantization component 125 may further adjust the
adaptive scaling factor m for use by the quantization component 125 in the
next audio frame i+7 by multiplying the scaling factor m by a predefined
scaling factor ms, i.e. set m = m * ms (step 324). This corresponds to
adjusting the adaptive margin M by the predefined amount M; in step 224 of
the method 200.

The initial value mo for the adaptive scaling factor m may be one (e.g. mo = 1)
or substantially one. As a variation of this approach, the initial value mg may
slightly below one, e.g. in the range from 0.9 to 0.99 in order to ensure
preferring the non-predictive quantization over the predictive quantization
even when the streak length L is zero, i.e. in a frame immediately following a
frame for which the non-predictive quantization has been selected. As an
alternative example for ensuring a constant preference for selection of the
non-predictive quantization, the condition in step 303 may be rewritten as

mkE

s—net

<nk, ., (4)

with a predefined scaling factor n set e.g. to a value in the range from 1.01 to
1.1, for example as n = 1.05 while the initial value my for the scaling factor m

IS set to one (e.g. my=1).

The predefined scaling factor ms may be a positive value smaller than one in
order to decrease the adaptive scaling factor m for the next frame i+7. In this
regard, the predefined scaling factor ms may be set to a value selected from
a range from 0.7 to 0.95, e.g. ms = 0.8. This corresponds to increasing the
adaptive margin M frame by frame during a streak of consecutive audio

frames for which the predictive quantization has been selected.
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Figure 4 depicts a flow chart illustrating the operation in the audio encoder
121 as steps of an exemplifying method 400. The method 400 is provided as
a variation of the method 300 and it serves as another example embodiment
within the framework described in the foregoing with references to the
method 200. The method 400 shares all steps of the method 300, while an
additional verification step 302 is introduced before the determination of step
303.

The step 302 provides a further criterion for selecting the non-predictive
guantization for one or more audio parameters of the current audio frame. In
particular, the quantization component 125 may select the non-predictive
guantization in case the quantization error Eqne: IS smaller than a predefined
threshold Egx. In contrast, the quantization component 125 may proceed to
determination step 303 In case the quantization error Egpe: IS NOt smaller than
a predefined threshold Es. In case the verification in step 302 Is affirmative,
the method 400 proceeds to the predictive quantization of the one or more
parameters of the audio frame (step 221) and further to derivation of the
quantization error Epreq resulting with a non-predictive quantization of the one
or more audio parameters of the current audio frame (step 322).
Consequently, processing required for the predictive quantization (step 212)
and derivation of the quantization error Epeq (step 322) may be omitted in

case they are not needed to save computational resources.

In a variation of the method 400, steps 221 and 322 may carried out Iin
parallel to steps 211 and 312 beftore proceeding to step 302. In this variation,
in case the verification of step 302 is affirmative, the method 400 proceeds to
step 213, whereas in case the verification of step 302 is not affirmative, the

method 400 proceeds to step 303.

Along the lines described in the foregoing for the quantization error E;, also
in context of the method 400 the considerations regarding the threshold E:x
provided in context of the method 200 apply: an appropriate value for the
threshold E;, is different for different audio parameters and possible different
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weighting functions applied for weighting the quantization error, and it has to
be calculated by trial-and-error off-line, and, as an example, the threshold E;,
may be set a value corresponding to a SD in the range from 0.8 to 1.0 dB,
e.g. 0.9 dB.

The method 400 may, optionally, comprise one or more further determination
steps for evaluating respective one or more selection rules that may cause
selection of the non-predictive quantization. As an example, such

determination step(s) may be provided before or after step 302.

Figure 5 depicts a flow chart illustrating the operation in the audio encoder
121 as steps of an exemplifying method 500. The method 500 is provided as
a variation of the method 400 and it serves as another example embodiment
within the framework described in the foregoing with references to the
method 200. In the method 500, steps 314 and 324 of the method 400 are
replaced with respective steps 414 and 424, while the method 500 shares all
remaining steps of the method 400. Although described herein as a
modification of the method 400, similar modification can be applied to the

method 300 as well.

In the method 500, in case the quantization component 125 has selected the
non-predictive gquantization for the one or more audio parameters in the
current audio frame i, the quantization component 125 may further reset the
adaptive scaling factor m for use by the quantization component 125 in the
next audio frame /+71 by setting the adaptive scaling factor m to an initial
value mo (as described in the foregoing in context of step 314) and further
reset a counter indicative of the current prediction streak length L to zero
(step 414).

In contrast, In case the quantization component 125 has selected the
predictive quantization for the one or more audio parameters in the audio
frame i, the quantization component 125 may further increase the counter

indicative of the current prediction streak length L by one and, subsequently,
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adjust the adaptive scaling factor m for use by the quantization component
125 in the next frame i+7 by multiplying the scaling factor m by a predefined
scaling factor ms (as described in the foregoing in context of step 324)
provided that the current prediction streak length L exceeds the threshold Lo
(step 424). Hence, the adaptive scaling factor m is kept in the initial value mg
until the current prediction streak length L exceeds the threshold Ly, whereas
the adaptation of the adaptive scaling factor m by the scaling factor ms takes

place for each frame of the prediction streak length in excess of the threshold
Lo.

In context of the exemplifying methods 300, 400 and 500 described in the
foregoing the adaptation of the adaptive scaling factor m is described to take
place by either resetting the scaling factor m to the initial value mo (steps
314, 414) and adjusting the scaling factor m to a new value (steps 324, 424)

for processing of the next audio frame in the quantization component 125.

As an alternative approach in this regard, in each of the methods 300, 400
and 500 the above-mentioned resetting and adjusting steps may be omitted
and the value of the adaptive scaling factor m may be derived on basis of the
current prediction streak length L. For this purpose, the respective one of the
methods 300, 400 may further involve keeping track of the current value of
the prediction streak length L, e.g. as described in this regard In steps 414
and 424 of the method 500.

As an example in this regard, the adaptive scaling factor m may be computed
on basis of the prediction streak length L, e.g. according to equation (5a), or
on basis of the prediction streak length L and the predefined threshold Lo,

e.g. according to equation (5b).

m=mym. (53)
m=m if LS L

< -1, ! - (50)

m=mym, ) otherwise
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As another example in this regard, the adaptive scaling factor m may be
obtained by indexing a table accessible by the quantization component 125.
Such table may be arranged to store respective value of the adaptive scaling
factor m for each value in a predefined range of values of L, e.g. from O to
[max, Where Lmax 1S the maximum considered (or allowed) length of the
predictive streak length L. Computation of the adaptive scaling factor m or
accessing the table to find the value of the adaptive scaling factor m may be
orovided e.g. as an additional step preceding the step 303 (in the methods
300, 400, 500) or preceding the step 302 (in the methods 400, 500).

The provided guantized audio frames may be transmitted by transmitter 112
as a part of encoded audio data in a bit stream together with further
information, for instance together with an indication of the employed
guantization. Alternatively, the quantized audio frames and the possible
indication of the employed quantization may be stored in a memory in the
electronic device 100 for subsequent decoding and/or subsequent

transmission by the transmitter 112.

At the electronic device 150, the bit stream is received by the receiving
component 162 and provided to the decoder 1/71. In the decoder 171, the
synthesizing component 174 constructs a synthesized audio signal based on
the quantized parameters in the received bit stream. The reconstructed audio
signal may then be provided to the audio output component 161, possibly

after some further processing, like a digital-to-analog conversion.

The blocks of Figures 2 to 5 could also be understood as schematically

represented, separate processing blocks of the quantization component 125.

-igure 6 1s a schematic block diagram ot an exemplary electronic device 600,
in which a selection of a predictive or non-predictive quantization in
accordance with an embodiment of the invention may be implemented In

software.
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The electronic device 600 can be for example a mobile phone. It comprises a
processor 630 and linked to this processor 630 an audio input component
611, an audio output component 661, a transceiver (RX/TX) 612 and a
memory 640. It is to be understood that the indicated connections of the

electronic device 600 may be realized via various other elements not shown.

The audio input component 611 can be for instance a microphone, a
microphone array or an interface to an audio source. The audio output
component 661 can be for instance a loudspeaker. The memory 640
comprises a section 641 for storing computer program code and a section
642 for storing data. The stored computer program code comprises code for
encoding audio signals using a selectable guantization and possibly also
code for decoding audio signals. The processor 630 is configured to execute
available computer program code. As far as the available code is stored in
the memory 640, the processor 630 may retrieve the code to this end from
section 641 of the memory 640 whenever required. It is to be understood that
various other computer program code may be available for execution as well,

ike an operating program code and program code for various applications.

The stored encoding code or the processor 630 in combination with the
memory 640 could also be seen as an exemplary apparatus according to an
embodiment of the present invention. The memory 640 storing the encoding
code could be seen as an exemplary computer program product according to

an embodiment of the present invention.

When a user or e.g. a process running in the electronic device 600 selects a
function of the electronic device 600, which requires an encoding of an input
audio signal, an application providing this function causes the processor 630
to retrieve the encoding code from the memory 640. Audio signals received
via the audio input component 611 are then provided to the processor 630 -
in the case of received analog audio signals after a conversion to digital
audio signals and possible further pre-processing steps required/applied
before provision of the audio signal to the processor 630.
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The processor 630 executes the retrieved encoding code to encode the
digital audio signal. The encoding may correspond to the encoding described
above for Figure 1 with reference to one of Figures 2 to 5. The encoding
code may hence be seen as a computer program code that causes
performing e.g. the encoding described in the foregoing for Figure 1 with
reference to one of Figures 2 to 5 when the computer program code is
executed by the processor 630 or by another computing apparatus. The
encoded audio signal is either stored in the data storage portion 642 of the
memory 640 for later use or transmitted by the transceiver 612 to another

electronic device.

The processor 630 may further retrieve the decoding code from the memory
640 and execute It to decode an encoded audio signal that Is either received
via the transceiver 612 or retrieved from the data storage portion 642 of the
memory 640. The decoding may correspond to the decoding described
above for Figure 1. The decoded digital audio signal may then be provided to
the audio output component 661. In case the audio output component 661
comprises a loudspeaker, the decoded audio signal may for instance be
oresented to a user via the loudspeaker after a conversion into an analog
audio signal and possible further post-processing steps. Alternatively, the
decoded digital audio signal could be stored in the data storage portion 642

of the memory 640.

The functions illustrated by the quantization component 125 of Figure 1 or
the functions illustrated by the processor 630 executing program code 641 of
Figure 6 can also be viewed as means for deriving a first quantization error
that is descriptive of an error resulting with a non-predictive quantization of
an audio parameter of an audio signal segment, means for deriving a second
guantization error that is descriptive of an error resulting with a predictive
guantization of said audio parameter of said audio signal segment, means for
determining whether said second quantization error exceeds said first
guantization error by at least an adaptive margin that is dependent on the

number of consecutive audio signal segments that precede said audio signal
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segment in which said audio parameter is provided gquantized with said
predictive quantization, means for providing said audio parameter of said
audio segment guantized with said non-predictive quantization as part of an
encoded audio signal at least in case the outcome of said determination is
affirmative and means for providing otherwise said audio parameter of said
audio segment quantized with said predictive quantization as part of an
encoded audio signal. The program codes 641 can also be viewed as
comprising such means in the form of functional modules or code

components.

While there have been shown and described and pointed out fundamental
novel features of the invention as applied to preferred embodiments thereof,
it will be understood that various omissions and substitutions and changes Iin
the form and details of the devices and methods described may be made by
those skilled in the art without departing from the present invention. For
example, it I1s expressly intended that all combinations of those elements
and/or method steps which perform substantially the same function in
substantially the same way to achieve the same results are within the scope
of the invention. Moreover, it should be recognized that structures and/or
elements and/or method steps shown and/or described in connection with
any disclosed form or embodiment of the invention may be incorporated in
any other disclosed or described or suggested form or embodiment as a
general matter of design choice. It is the intention, therefore, to be limited
only as indicated by the scope of the claims appended hereto. Furthermore,
in the claims means-plus-function clauses are intended to cover the
structures described herein as performing the recited function and not only
structural equivalents, but also equivalent structures.
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What is claimed is:

1. A method for encoding an audio signal by processing a
sequence of audio signal segments. the method comprising:

deriving a first quantization error that is descriptive of an error
resulting with a non-predictive quantization of a parametric representation of
an audio signal segment;

deriving a second quantization error that is descriptive of an error
resulting with a predictive quantization of said parametric representation of

the audio signal segment:

determining whether said second quantization error exceeds
said first quantization error by at least an adaptive margin that is dependent
on the number of consecutive audio signal segments that precede said audio
signal segment in which said parametric representation of the audio signal
segment is provided quantized with said predictive quantization:

providing said parametric representation of the audio signal
segment quantized with said non-predictive quantization as part of an
encoded audio signal at least in case the outcome of sald determination is
affirmative; and

providing otherwise said para'metric representation of the audio

signal segment quantized With sald predictive quantization as part of the
encoded audio signal.

2. A method according to claim 1. wherein sajd adaptive margin is
Increased from its predefined initial value by a predefined amount for each
audio signal segment between said audio signal segment and the closest

preceding audio signal segment in which said parametric representation of

the audio signal segment is provided quantized with said non-predictive

quantization.

CA 2959450 2019-01-14
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3. A method according to claim 1, wherein said adaptive margin is
increased from its predefined initial value by a predefined amount for each
audio signal segment in excess of a predefined threshold between said audio
signal segment and the closest preceding audio signal segment in which said
parametric representation of the audio signal segment is provided quantized

with said non-predictive quantization.

4, A method according to claim 2 or 3, wherein said predefined

Initial value of the adaptive margin is zero or substantially zero.

5. A method acco‘rding to claim 1, wherein said determining
comprises determining whether said first quantization error multiplied by an
adaptive scaling factor is smaller than said second quantization error, which

adaptive scaling factor represents the adaptive margin for said audio signal
segment.

0. A method according to claim 5, further comprising decreasing
said adaptive scaling factor by a predetermined amount in case said

parametric representation of the audio signal segment is provided quantized

with said predictive quantization.

/. A method according to claim 5, further comprising decreasing
said adaptive scaling factor by a predetermined amount in case:

sald parametric representation of the audio signal segment is
provided quantized with said predictive quantization; and

said number of consecutive audio signal segments exceeds a
predefined threshold.

3. A method according to any one of claims 5 to 7, further
comprising resetting said adaptive scaling factor to a predefined initial value
In case said parametric representation of the audio signal segment is

provided quantized with said non-predictive quantization.
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9. A method according to claim 8, wherein said predefined initial
value is one or substantially one.

10. A method according to claim 3 or 7/, wherein said predefined
threshold is three.

11. A method according to any one of claims 1 to 10, wherein said
parametric representation of the audio signal segment comprises one of an
Immittance Spectral Frequency vector and a Line Spectral Frequency vector

that is representative of spectral characteristics of said audio signal segment.

12. A method according to any one of claims 1 to 11, wherein:

said first quantization error is obtained by combining weighted
errors between a component of said parametric representation of the audio
signal segment and a corresponding component of said parametric
representation of the audio signal segment resulting with said non-predictive
quantization, and

said second quantization error is obtained by combining
weighted errors between a component of said parametric representation of
the audio signal segment and a corresponding component of said parametric
representation of the audio signal segment resulting with said predictive

quantization.

13. A non-transitory computer readable medium having stored
thereon machine-executable program code executable by at least one

processor to perform the method of any one of claims 1 to 12.

14 An apparatus for encoding an audio signal by processing a
sequence of audio signal segments, the apparatus configured to:

derive a first quantization error that is descriptive of an error
resulting with a non-predictive quantization of a parametric representation of

an audio signal segment;
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derive a second quantization error that is descriptive of an error
resulting with a predictive quantization of said parametric representation of
the audio signal segment:

determine whether said second quantization error exceeds said
first quantization error by at least an adaptive margin that is dependent on
the number of consecutive éudio signal segments that precede said audio
signal segment in which said parametric representation of the audio signal
segment is provided quantized with said predictive quantization:

provide said parametric representation of the audio signal
segment quantized with said non-predictive quantization as part of an
encoded audio signal at least in case the outcome of said determination is
affirmative: and '

provide otherwise said parametric representation of the audio

signal segment quantized with said predictive quantization as part of the

encoded audio signal.

15. An apparatus according to claim 14, further configured to
Increase said adaptive margin from its predefined initial value by a predefined
amount for each audio signal segment between said audio signal segment
and the closest preceding audio signal segment in which said parametric
representation of the audio signal segment is provided quantized with said

non-predictive quantization.

10. An apparatus according to claim 14, further configured to
increase said adaptive margin from its predefined initial value by a predefined
amount for each audio signal segment in éxcess of a predefined threshold
between said audio signal éegment and the closest preceding audio signal
segment in which said parametric representation of the audio signal segment

s provided quantized with said non-predictive quantization.

17. An apparatus according to claim 15 or 16, wherein said

predefined initial value of the adaptive margin is zero or substantially zero.
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18. An apparatus according to claim 14. wherein the apparatus
configured to determine is configured to determine whether said first
quantization error multiplied by an adaptive scaling factor is smaller than said
second quantization error, which adaptive scaling factor represents the

5 adaptive margin for said audio signal segment.

19. An apparatus according to claim 18, further configured to
decrease said adaptive scaling factor by a predetermined amount in case
said parametric representation of the audio signal segment is provided

10 quantized with said predictive quantization.

20. An apparatus according to claim 18, further configured to
decrease said adaptive scaling factor by a predetermined amount in case:
said parametric representation of the audio signal segment is
15 provided quantized with said predictive quantization; and

sald number of.consecutive audio signal segments exceeds a
predefined threshold.

21. An apparatus according to any one of claims 18 to 20, further
20 configured to reset said adaptive scaling factor to a predefined initial value in

case said audio parameter of said audio signal segment is provided

quantized with said non-predictive quantization.

22. An apparatus according to claim 21, wherein said predefined
25 inttial value is one or substantially one.

23. An apparatus a'ccording to claim 16 or 20, wherein said
predefined threshold is three.

30 24. An apparatus according to any one of claims 14 to 23, wherein
sald parametric representation of the audio signal segment comprises one of

an Immittance Spectral Frequency vector and a Line Spectral Frequency
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vector that is representative of spectral characteristics of said audio signal
segment.

25. An apparatus according to any one of claims 14 to 24, further
5 configured to:

compute said first quantization error by combining weighted
errors between a component of said parametric representation of the audio
signal segment and a corresponding component of said parametric
representation of the audio signal segment resulting with said non-predictive

10 quantization; and

compute said second quantization error by combining weighted
errors between a component of said parametric representation of the audio
signal segment and a corresponding component of said parametric

representation of the audio signal segment resulting with said predictive
15 quantization.
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