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Encader for Encoding an Audic Bignel, Audio Transmission Syetem and Method for

N

Dgtermining Garrection Yalues

Description

The present invention relates to an encoder for encoding an audio signal, an audio
transmission system, a method for determining correction values and a computer
program. The invention further relates to immittance spectral frequency/line spectral

frequency weighting.

In today’s speech and audio codecs it is state of the art to extract the spectral envelope of
the speech or audio signal by Linear Prediction and further quantize and code a
transformation of the Linear Prediction coefficients (LPC). Such transformations are e.g.

the Line Spectral Frequencies (LSF) or Immittance Spectral Frequencies (ISF).

Vector Quantization (VQ) is usually preferred over scalar quantization for LPC
quantization due to the increase of performance. However it was observed that an optimal
LPC coding shows different scalar sensitivity for each frequency of the vector of LSFs or
ISFs. As a direct consequence, using a classical Euclidean distance as metric in the
quantization step will lead to a suboptimal system. It can be explained by the fact that the
performance of a LPC quantization is usually measured by distance like Logarithmic
Spectral Distance (LSD) or Weighted Logarithmic Spectral Distance (WLSD) which don't

have a direct proportional relation with the Euclidean distance.

LSD is defined as the logarithm of the Euclidean distance of the specirai envelepes of
original LPGC flicients and the guantized version of them. WLSD is a weighted version
which {akes into account that the low frequencies are perceptually more relevant than the

high frequencies.

WIS are too complex to be compuiad within a LPC quaniization scheme.

st LPC coding schemes are using either the simple Zuciidean distance or 2

o of 1t IWED) defined as:
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where Isf; is the parameter in be quantizec and g¢lef; i3 the quantized parametier. w ars

weights giving more distortion (o ceriain coefficienis and less to other.

Laroia et al. [1] presented a hedristic approach known as inverse harmonic mean 1o
compute weights that give more importance to LSFs closed to formant regions. if two LSF
parameters are close together the signal spectrum is expected to comprise a peak near
that frequency. Hence an LSF that is close to one of its neighbeors has a high scalar

sensitivity and should be given a higher weight:

_ 1 1
C (sfi= Usfier)  Usfirn = ISF)

Wy

The first and the last weighting coefficients are calculated with this pseudo LSFs:

Isfo = 0 and Isf,,, = 1, where p is the order of the LP model. The order is usually 10 for

speech signal sampled at 8 kHz and 16 for speech signal sampled at 16 kHz.

Gardner and Rao [2] derived the individual scalar sensitivity for LSFs from a high-rate
approximation (e.g. when using a VQ with 30 or more bits). in such a case the derived
weights are optimal and minimize the LSD. The scalar weights form the diagonal of a so-

called sensitivity matrix given by:

D,(w) = 4BJT(w)R,J (@)

Where R, is the autocorrelation matrix of the impulse respeonse of the synthesis filter
1A(z) derived from the original predictive coefficients of the LPC analysis. [ {w) is a
Jacobian matrix transforming LSFs to LPC cosfficients.

The main crawback of thiz scluiion is the computationzl complaxily for comouting the

sensitivity matrix.

he ITU recommendation G.718 [3] expands Gardner's approach by adding some

: 5

nzvcheoacoustic considerations. Inz ., i ocnsigers the
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Wiz) = Wyl 2}/ (A7)

Where Wy (2) s an liR filter approximating the Beark weighting filizr given more imporiancs
to the low frequencies. The sensitivity matiix is then computed by replacing 1/A(z) with

W(z2).

Although the weighting used in G.718 is theoretically a near-optimal approach, it inherits
from Gardner's approach a very high complexity. Today’s audio codecs are standardized
with a limitation in complexity and therefore the tradeoff of complexity and gain in

perceptual quality is not satisfying with this approach.

The approach presented by Laroia et al. may yield suboptimal weights but it is of low
complexity. The weights generated with this approach freat the whole frequency range
equally although the human's ear sensitivity is highly noniinear. Distortion in lower

frequencies is much more audible than distortion in higher frequencies.

Thus, there is a need for improving encoding schemes.

An object of the present invention is to provide encoding schemes that allow for
computational complexity of the algorithms and/or for an increased precision thereof while

maintaining a good audio quality when decoding the encoded audio signal.

This object is achieved by an encoder according to claim 1, an audio transmission system
according to claim 10, a method according to claim 11 and a computer program according

to claim 15,

The inventers have found out that by determining spectral weighting factors using &
method comprising a low computationai complexity and by at ieast pariially correcting the
obtained spectral weighting factors using precalculated correction information, the

nbtained cerrected spectral weighting factors rnay aflow for an encoding and decoding of

the audio sigrnial with a low computational effort while maintaining encoding precision
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prediction coefficients from the audio signal. The encoder further comprises @ converier
configured for deriving converted prediciion cosfficienis from the analysis prediciion
cocfficienis and a rmemory configured for storing a multitude of correction values. The
encoder further comprises a caicuiator and a bitstream former. The calculator comprises 2
processor, a combinar and a aquantizer, whergin the processor is configured “or
processing the converted predicted to obtain spectral weighting factors. The combiner is
configured for combining the spectral weighting factors and the muititude of correction
values to obtain corrected weighting factors. The quantizer is configured for quantizing the
converted prediction coefficients using the corrected weighting factors to obtain a
quantized representation of the converted prediction coefficients, for example, a value
related to an entry of prediction coefficients in a database. The bitstream former is
configured for forming an output signal based on an information related to the quantized
representation of the converted prediction coefficients and based on the audio signal. An
advantage of this embodiment is that the processor may obtain the spectral weighting
factors by using methods and/or concepts comprising a low computational complexity. A
possibly obtained error with respect to other concepts or methods may be corrected at
least partially by applying the muititude of correction values. This allows for a reduced
computational complexity of weight derivation when compared to a determination rule

based on [3] and reduced LSDs when compared to a determination rule according to [1].

Further embodiments provide an encoder, wherein the combiner is configured for
cembining the spectral weighting factors, the multitude of correction values and a further
information related to the input signal to obtain the corrected weighting factors. By using
the further information related to the input signal a further enhancement of the obtained
corrected weighting factors may be achieved while maintaining a low computational
complexity, in particular when the further information related to the input signal is at least
partially obtained during other encoding steps, such that the further information may be

recycied.

Further embodimenis provide an encoder, whereinn the combiner is configured for

cyclically, in every cycle, obtaining the correcied weighted factors. The calculator

i
T
t

comprises 2 smoother configured for weightedly combining first guantized weaighting

factors obtained for a previcus cycle and second guantized weighting factors obtainad for

]

a cycle following the previous cycle to obtain smoothed correcied weighting

comprising 2 value betwsen valuss of the “irst zrd the sscond quesnilz
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case when corrected weighting factors of two consacutive cycles are determined such that

Further embaodiments provide an audic transmission system comprising an encoder and
a decoder configured for receiving the ouiput signal of the encoder or a signal derived
thereof and for decoding the received signal {o provide a synthesized audio signal,
wherein the output signal of the encoder is transmitted via a transmission media, such as
a wired media or a wireless media. An advantage of the audio fransmission system is that
the decoder may decode the output signal, the audio signal respectively, based on
unchanged methods.

Further embodiments provide a method for determining the correction values for a first
multitude of first weighting factors. Each weighting factor is adapted for weighting a
portion of an audio signal, for example represented as a line spectral frequency or an
immittance spectral frequency. The first multitude of first weighting factors is determined
based on a first determination rule for each audio signal. A second multitude of second
weighting factors is calculated for each audio signal of the set of audio signals based on a
second determination rule. Each of the second multitude of weighting factors is related to
a first weighting factor, i.e. a weighting factor may be determined for a portion of the audio
signal based on the first determination rule and based on the second determination rule to
obtain two results that may be different. A third multitude of distance values is calculated,
the distance values having a value related to a distance between a first weighting factor
and a second weighting factor, both related to the portion of the audic signal. A fourth
multitude of correction values is calculated adapted to reduce the distance values when
combined with the first weighting factors such that when the first weighting factors are
combined with the fourth multitude of correction values a distance between the corrected
first weighting factors is reduced when compared to the second weighting factors. This
allows for computing the weighting factors based on a training data set one time based on
the second determination rule comprising a high computational compiexity and/or a high
precision and another time based on the first determination rule which may combprise a
lower computational complexity and may be a lower precision, wherein the lower precision

and/or compensated or reduced at leagst partially by correction.

Further embodiments provide 2 method in which the distance is reduced by adapting a
polynomial, wherein polynomial coefficients relate o the correction values. Further

embodimants provide a computer orogram,
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Preferred embodiments of the present invention will be described in detail making

reference o ine accompanying figures in which:

A
@

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.
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4b
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shows a schematic block diagram of an encoder for encoding an audio signal

according to an embodiment;

shows a schematic bilock diagram of a caiculator according to an embodiment

wherein the calculator is modified when compared to a calculator shown in Fig. 1;

shows a schematic block diagram of an encoder additionally comprising a

spectral analyzer and a spectral processor according to an embodiment;

illustrates a vector comprising 16 values of line speciral frequencies which are
obtained by a converter based on the determined prediction coefficients

according to an embodiment;

illustrates a determination rule executed by a combiner according to an

embodiment;

shows an exemplary determination rule for illustrating the step of the obtaining

corrected weighting factors according to an embodiment;

depicts an exemplary determination scheme which may be implemented by a
quantizer to determine a quantized representation of the converted prediction

coefficients according to an embodiment;

shows an exemplary vecior of guantization values that may be combined to sets

thergof according to an embodiment;

o

nows a schematic block diagram of an audio transmission system according 1o

an embodiment;

llustrates an embodiment of deriving the correction values; and

snows a schematic flowchart of a meathod

o an embodiment.
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oceurring In chifferent figures.

In the following cescription, a piurality of details is set forth 1o provide 2 more thorough
explanation of embodiments of the present invention. However, it wili be apparent {o those
skilled in the art that embodiments of the present invention may be practiced without these
specific details. In other instances, well known structures and devices are shown in block
diagram form rather than in detail in order to avoid obscuring embodiments of the present
invention. In addition, features of the different embodiments described hereinafter may be

combined with each other, unless specifically noted otherwise.

Fig. 1 shows a schematic block diagram of an encoder 100 for encoding an audio signal.
The audio signal may be obtained by the encoder 100 as a sequence of frames 102 of the
audio signal. The encoder 100 comprises an analyzer for analyzing the frame 102 and for
determining analysis prediction coefficients 112 from the audio signal 102. The analysis
prediction coefficients (prediction coefficients) 112 may be obtained, for example, as linear
prediction coefficients (LPC). Alternatively, alsc non-linear prediction coefficients may be
obtained. wherein linear prediction coefficients may be obtained by utilizing less

computational power and therefore may be obtained faster.

The encoder 100 comprises a converter 120 configured for deriving converted prediction
coefficients 122 from the prediction coefficients 112. The converter 120 may be configured
for determining the converted prediction coefficients 122 to cobtain, for example, Line
Spectral Frequencies (LSF) and/or Immittance Spectral Frequencies (ISF). The converted
prediction coefficients 122 may comprise a higher robustness with respect to quantization
errors in = later quantization when comparad to the prediction coefficients 112. As
guantization is usually performed non-linearly, quantizing linear prediction coefficienis
may lead to distertions of a decoded audio signal.

The encoder 100 comprises z caiculator 130, The calculator 130 ccmorises a processer
140 winich Is configured 1o process the converied prediction cosfficients 122 to obiain
spectral weighting factors 142, The processor may be configured to calculale andaior o

147 pased cn one or more of ¢ plurality of known
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according to a more complex approach as it is described In [2]. The International
Telecommunication Union (T Standard G718 describes a furthor approach of
determining weighting factors by exnanding ‘nhe approach of [2] as it is described i |3

referably the processor 140 is configured o delermine the weighting factors 142 basec
on a determination rule comprising & low computational complexity. This may allow for a
high throughput of encoded audio signals and/or a simple realization of the ancoder 100

due to hardware that may consume less energy based on less computational efforts.

The calculator 130 comprises a combiner 150 configured for combining the speciral
weighting factors 142 and a multitude of correction values 162 to obtain corrected
weighting factors 152. The multitude of correction values is provided from a memory 160
in which the correction values 162 are stored. The correction values 162 may be static or
dynamic, i.e. the correction values 162 may be updated during operation of the encoder
100 or may remain unchanged during operation and/or may be only updated during a
calibration procedure for calibrating the encoder 100. Preferably, the memory 160
comprises static correction values 162. The correction values 162 may be obtained, for
example, by a precalculation procedure as it is described later on. Alternatively. the
memory 160 may alternatively be comprised by the calculator 130 as it is indicated by the

dotted lines.

The calculator 130 comprises a quantizer 170 configured for quantizing the cenverted
prediction coefficients 122 using the corrccted weighting factors 152, The quantizer 170 is
configured to output a quantized representation 172 of the converted prediction
coefficients 122. The quantizer 170 may be a linear quantizer, a non-linear quantizer such
as a logarithmic quantizer or a vector-like quantizer, a vector quantizer respectively. A
vector-like quantizer may be configured o quantize a plurality pf portions of the corrected
weighting factors 152 to a plurality of guantized values (portions). The quantizer 170 may
be configured for weighting the converted prediction coefficients 122 with the correcled
weighiing factors 152. The cquarntizer may furiher be configured for determining a distance
of the weighted converted prediction coefficients 122 to entries of a databasc of the
quaniizer 170 and io sslect a cods word [representation) that is related o an entry in the
dstabase wherein the entry mav comprise a lowest distance fo the weighted converted
prediction coefficients 122, Such 2 procedure is exemplarily described later on. The

quantizer 170 may ba a stochasiic Vactor Guantizer {\/Q}. Allernatively, the quantizer 170

€

may zlsc be configurad for appiying other Vector Quarizers like Lattice vQ of any scaler
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guantizer. Alternatively, the quantizer 170 may also be configured to apdly a linear or

b

logarithmic quantization.

The quantized representation 172 of the converied prediction coefficients 122, Le. the
code word, is provided to a bitstream former 180 of the encoder 100, The encoder 100
may ccmprise an audic processing unit 190 configurcd for processing some or all of the
audio information of the audio signal 102 and/or further information. Audio processing unit
190 is configured for providing audio data 192 such as a voiced signal information or an
unvoiced signal information to the bitstream former 180. The bitstream former 180 is
configured for forming an output signal (bitstream) 182 based on the quantized
representation 172 of the converted prediction coefficients 122 and based on the audio

information 192, which is based on the audio signal 102.

An advantage of the encoder 100 is that the processor 140 may be configured to cbtain.
i.e. to calculate, the weighting factors 142 by using a determination rule that comprises a
low computational complexity. The correction values 162 may be obtained by, when
expressed in a simplified manner, comparing a set of weighting factors obtained by a
(reference) determination rule with a high computational complexity but therefore
comprising a high precision and/or a good audio quality and/or a low LSD with weighting
factors obtained by the determination rule executed by the processor 140. This may be
done for a multitude of audio signals, wherein for each of the audio signals a number of
weighting factors is obtained based on both determination rules. For each audio signal,
the obtained results may be compared to obtain an information related to a mismatch or
an error. The information related to the mismatch or the error may be summed up and/or
averaged with respect to the multitude of audio signals to obtain an information related to
an average error that is made by the processor 140 with respect to the reference
determination rule when executing the determination rule with the lower computational
exity. The obtained information related to the average error andfor mismatch may
be represenied in the correction values 162 such that the weighting factors 142 may ke

dined with the correction values 162 by the combiner 0 reduce or compensate tho

average arror. This ailows for reducing or almoest compensating tha error of tha weightirg

)
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142 when compared to the reference determination rule usad offline while siil

allowing for a less complex determination of the weighting factors 142,

-
{

i=ed calculator 1
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Fig. 2 shows 2 schematic block diagram of a modi

400 configured tor caloulaling inverse sarmonic mean (TS
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yaverted pradiction cocfficients. The

ar 150" which, when compired o the cumbiner 150, 15
configured for cormbining the HM weighis 142" of the processor 140, the correction
values 162 and a further information 114 of the audio signal 102 indicated as “reflection
coefficients”, wherein the {urther information 114 is not limited therelo. The further
information may be an inferim result of other encoding staps, for example the reflection
coefiicients 114 may be obtained by the analyzer 110 during determining the prediction
coefficients 112 as it is described in Fig. 1. Linear prediction coefficients may be
determined by the analyzer 110 when executing a determination rule according to the
Levinson-Durbin algorithm in which reflection algorithms are determined. An information
related to the power spectrum may also be obtained during calculating the prediction
coefficients112. A possible implementation of the combiner 150" is described later on.
Alternatively, or in addition, the further information 114 may be combined with the weights
142 or 142’ and the correction parameters 162, for example, information related to a
power spectrum of the audio signal 102. The further information 114 allows for further
reducing a difference between weights 142 or 142" determined by the calculator 130 or
130" and the reference weights. An increase of computational complexity may only have
minor effects as the further information 114 may already be determined by other

compoenents such as the analyzer 110 during other steps of the audio encoding.

The calculator 130’ further comprises a smoother 155 configured for receiving corrected
weighting factors 152" from the combiner 150" and an optional information 157 (control
flag) allowing for controlling operation (ON-/OFF-state) of the smoother 155. The control
flag 157 may be cbtained, for example, from the analyzer indicating that smoothing is {o
be performed in order to reduce harsh transitions. The smocther 155 is configured for
combining corrected weighting factors 152" and corrected weighting factors 152 which
are a delayed representation of corrected weighting factors determined for a previous
frame or sub-frame of the audio signal, i a2 correcied weighting factors determined in 2
previous cycle i1 the ON-siate. The smoother 155 may be implemenied as an infinite
impulse response ({R) fiter. Therefore, the calculator 130" comprises a delay block 159

configured for receiving and dolaying corrected welignting Tacters 1527 provided by ihe
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smoother 155 in o first cycle and (o provide those weighis as the ¢ led welg

b

factore 152" in & following cycle.
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coniligured for weightadly combining the received corracied weighting faciors 152" and the
received correcied weichiing faclors 15277 from the past. For oxample, the (present)
corrected weighiing Tactors 152" may comprise a snare of 25%, 50%. 75% or any other
value in the smoothad correcied weighting faciors 1527, wherein the (past) weighiing
factors 152 may comprise a share of (1-share of corrected weighting factors 152°). This
allows for avoiding harsh transitions betwesn subsequent audio frames when the audio
signal, i.e. two subsequent frames thereof, result in different corrected weighting factors
which would lead to distortions in a decoded audio signal. In the OFF-state, the smoother
155 is configured for forwarding the corrected weighting factors 152°. Alternatively or in
addition, smoothing may allow for an increased audio quality for audio signals comprising

a high level of periodicity.

Alternatively, the smoother 155 may be configured to additionally combine corrected
weighted factors of more previous cycles. Alternatively or in addition, the converted

prediction coefficients 122’ may also be the Immittance Spectral Frequencies.

A weighting factor w. may be obtained, for example, based on the inverse harmonic mean

(IHM). A determination rule may be based on a form:

w; = - : —— + : —,
' (Isfi=Usfi)  (USfiw—1sfy)

wherein w; denotes a determined weight 142’ with index i, LSF, denotes a line spectral
frequency with index i. The index i corresponds to a number of spectral weighting factors
obtained and may be cqual to a number of prediction coefficients determined by the
analyzer. The number of prediction coefficients and therefore the number of converied
coefficients may be, for example, 16. Alternatively, the number may also be 8 or 32.
Alternatively, the number of converted coeflicients may also be lower than the number of
prediction coefficients, for example, if the converied coefficients 122 are determined as
immitiance Spectral Frequencies which may comprize a lower number wnon compared {o

the number of prediction cosfficients.

In other words, Fig. 2 dziails the processing dons in the weight's derivation siep executed

by the converier 120, First the THM weighis are compuiad from the L3Fs. According to

one embodimeant, an LPG a signal sampled at 16 kiz. That means

According (o a further embodiment. the
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LG s of order 16 and ihe signal is sampled at 12.8 kHz. In ihel cass, the LiFs are
bhounded betwszeii 0 and 6.4 kiHz. According o 2 further embodiment, the .3igﬂal is
samplsd st 8 kiiz, which may be called a narrow band sampling. The IHM weighis may

:

the reflection

LL

then be combined with further information, e.g. related o some of

coefficienis, withir & golyriomial Tor which the coefficients are optimized offline during =
training phase. Finally, the obiained weights can be smoothed by the previous sel of
weights in certain cases, for example for stationary signals. According to an embodiment,
the smoothing is never performed. According to other embodiments, it is performed only
when the input frame is classified as being voiced, i.e. signal detected as being highly

periodic.

in the following, reference will be made to details of correcting the derived weighting
factors. For example, the analyzer is configured to determine linear prediction coefficients
(LPC) of order 10 or 18, i.e. a number of 10 or 16 LPC. Although the analyzer may also be
configured to determine any other number of linear prediction coefficients or a different
type of coefficient, the following description is made with reference to 16 coefficients, as

this number of coefficients is used in mobile communication.

Fig. 3 shows a schematic block diagram of an encoder 300 additionally comprising a
spectral analyzer 115 and a spectral processor 145 comprising when compared to the
encoder 100. The spectral analyzer 115 is configured for deriving spectral parameters 116
from the audio signal 102. The spectral parameters may be, for example, an envelope
curve of a spectrum of the audio signal or of a frame thereof and/or parameters
characterizing the envelope curve. Alternatively ceoefficients related to the power spectrum

may be obtained.

The speciral processor 145 comprises an energy calculater 145a which is configured ta
compute an amount or a measure 146 for an energy of frequency bins of the spectrum of
the audio signal 102 basad on the apectral parameters 11€. The speciral crocessor

further comprises a normalizer 145b for normalizing the converied prediction coefficients

1272 147. The converted predictior

22" (LSF} to ontain normalized prediction coefficients

o~

soeflicients may be normalized, for example. relatively, with respect to 2 maximum valug

G

of 2 plurality of the LSF and/or absolutely, i.e. with resnact 1o a predoiarmined value such

28 a maximum vaius deaing evpecied of neing ranrescniable by vsed curmpulation
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Tha speciral processor 145 {urther comprises 2 first deleyminer 145c configurad far
determining & bin energy for euch normalized prediction parameter, e, o relate sach
normalized prediction parameter 147 obtained from the normalizer 145b ¢ 2 computed to
a meaasure 146 o cbiain a vector W1 containing the bin energy for cach LSF. The spectral
prosessor 145 lurther comprises a second determiner 145d configured for finding
(determining) a frequency weighting for each normalized LSF 10 obtain a vector W2
comprising the frequency weightings. The further information 114 comprises the vectors
W1 and W2, ie., the vectors W1 and W2 are the feature representing the further

information 114.

The processor 142’ is configured for determining the IHM based on the converted
prediction parameters 122’ and a power of the IHM, for example the second power,
wherein alternatively or in addition also a higher power may be computed., wherein the

IHM and the power(s) thereof form the weighting factors 142",

A combiner 150" is configured for determining the corrected weighting factors (corrected

LSF weights) 152’ based on the further information 114 and the weighting factors 142",

Alternatively, the processor 140, the spectral processor 145 and/or the combiner may be
implemented as a single processing unit such as a Central processing unit, a (micro-)

controller, a programmable gate array or the like.

in other words, a first and a second entry to the combiner are IHM and IHM?, i.e. the

weighting factors 142’. A third entry is for each LSF-vector element i :

R e S . £
wift; = (Ywfft; - min+ 2} = FreqWTablclnormlLsf;]

I~

wherein wf 7 is the combination of W1 and W2 and wherein min is the minimum of w/ /i

i~ 0..Mwhere M may be 16 when 16 prediction coefficients are derived from the audio

signal and

! : i
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wije - 10 log Lnax(binlner || feg T 0L i
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wherein Cinkner coniamns the s=nergy of eszch bin of soecirum, Le. hinkEnsr

oOrresnonds 1o the measure 1448,

The maoping binFner
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formant in ihe speciral anvelope. FregWTable is 2 vecior coniaining additional weights

which are selecied depending on the input signal being voiced or unvoiced.

Wift is an approximation of the spectral energy close to a prediction coefficient like a LSF
coefficient. In simple terms, if a prediction (LSF) coefficient comprises a value X, this
means that the spectrum of the audio signal (frame) comprises an energy maximum
(formant) at the Frequency X or beneath thereto. The wfft is a logarithmic expression of
the energy at frequency X, i.e., it corresponds to the logarithmic energy at this location.
When compared to embodiments described before as utilizing reflection coefficients as
further information, alternatively or in addition a combination of wift (W1) and
FrequWTable (W2) may be used to obtain the further information 114. FreqWTable
describes one of a plurality of possible tables to be used. Based on a “coding mode” of the
encoder 300, e.g., voiced, fricative or the like. at least one of the plurality of tables may be
selected. One or more of the plurality of tables may be trained (programmed and adapted)

during operation of the encoder 300.

A finding of using the wfit is to enhance coding of converted prediction coefficients that
represent a formant. In contrast to classical noise shaping in which the noise is at
frequencies comprising large amounts of (signal) energy the described approach relates
to quantize the spectral envelope curve. When the power spectrum comprises a large
amount of energy (a large measure) at frequencies comprising or arranged adjacent fo a
frequency of a converted prediction coefficient, this converied prediction coefficient (LSF)
may be quantized better, i 2, with lower crrors achieved by higher weightings, than other

coefficients comprising a lower measure of energy.

Fig. 4a llustrates a vector LSF comprising 16 values of eniries of the determined line

[ 0

spectral frequencies whict. ars obizined by the converter based on the determinec

£
§

prediction coef

o

icients. The processor is configured (o alsc obtain 18 weights. exempiariy
inverse harmonic mears IH represented in # vecior (riM. The correction values 162 are

grouped, for example, 10 a vactor g, a vacior b and a2 vecior ¢. Each of the vactors g, b

and 2 comprnises 18 values 3, e 2nd oo wharein egual &
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respective  correciion value is related fo a prediction coefficient, a converied
representation ithereol and a weighting facior comprising the same index. Fig. 4b
Hlustrates a determination rule exscuted by the combiner 150 or 150" according to an
embodiment. The combiner is configured for computing or determining a result for a
polynomial function based on a form y = a + bx + ¢x?, i.e. different correction values a, b, ¢
are combined {multiplied) with different powers of the weighting factors (illusirated as x). y

denotes a vector of obtained corrected weighting factors.

Alternatively or in addition, the combiner may also be configured to add further correction
values (d, e, 1, ...) and further powers of the weighting factors or of the further information.
For example, the polynomial depicted in Fig. 4b may be extended by a vector d
comprising 16 values being multiplied with a third power of the further information 114, a
respective vector also comprising 16 values. This may be, for example a vector based on
IHM? when the processor 140’ as described in Fig. 3 is configured to determine further
powers of IHM. Alternatively, cnly at least the vector b and optionally one or more of the
higher order vectors ¢, d, ... may be computed. Simplified the order of the polynomial
increases with each term, wherein each type may be formed based on the weighting
factor and/or optionally based on the further information, wherein the polynomial is based
on the form y = a + bx + cx? also when comprising a term of higher order. The correction
values a, b, ¢ and optionally d, e, ... may comprise values real and/or imaginary values

and may also comprise a value of zero.

Fig. 4c depicts an exemplary determination rule for illustrating the step of the obtaining the
corrected weighting factors 152 or 152’. The corrected weighting factors are represented
in a vector w comprising 16 values, one weighting factor for each of the converted
prediction coefficients depicted in Fig. 4a. Each of the corrected weighting factors wy_y5 is
computed according to the determination rule shown in Fig. 4b. The above descriptions
shall only illustrate a principle of determining the corrected weighting factors and shall not
be limited to the determination rules described above. The above described determination
rules may also be varied, scaled, shifted or the like. In general, the correcied weighting
factors are obtained by performing 2 combination of the correction values with the

determined weighting factors.

Fig. ba depicts an exemplary determination scheme which may be implemented by 3

guantizer such zs the guantizer 170 to delermine the guantized represeniation of the

converied prediction coefficients. The quantizer may sum up an error, 2.¢. a difference or
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a power thereol bhelween a dotormined convorted coefficient shown as LSF and a

]

reference cocticient indicated us L3F, wherzin iha sfiicienis may ds siorad

N

in a database of the quaniizer. The determined distance may be sguared such that only

positive values are obtaine

O

% Fach of the distances (errors) is weighted by a respective

weighting factor w;. This allows for giving frequency ranges or converied prediction
coefiicients with 2 higher importance for audio quality @ higher weight and frequency
ranges with a lower importance for audio quality a lower weight. The errors are summed
up over some or all of the indices 1-16 to obtain a total error value. This may be done for a
plurality of predefined combinations (database entries) of coefficients that may be
combined to sets Qu’, Qu”, ... QU" as indicated in Fig. 5b. The quantizer may be
configured for selecting a code word related to a set of the predefined coefficients
comprising a minimum error with respect to the determined corrected weighted factors
and the converted prediction coefficients. The code word may be, for example, an index of
a table such that a decoder may restore the predefined set Qu’, Qu”, ... based on the

received index, the received code word, respectively.

To obtain the correction values during a training phase , a reference determination rule
according to which reference weights are determined is selected. As the encoder is
configured to correct determined weighting factors with respect to the reference weights
and determination of the reference weights may be done offline, i.e. during a calibration
step or the like, a determination rule comprising a high precision (e.g.. low LSD) may be
selected while neglecting resulting computational effort. Preferably, a method comprising
a high precision and maybe a high computation complexity may be selected to obtain pre-
sizad reference weighting factors. For example, a method to determine weighting factors

accerding to the G.718 Standard [3] may be used.

A determination rule according to which the encoder will determine the weighting factors is
also executed. This may be a method comprising a low computational complexity while
accepiing a lower precision of the determined results. Weights are cormmiputed according o
both determination rules while using a set of audic matenal comprising, for exampie,
speech and/or music. The audiv material ray be repraseniad in a number of M training

vectors, wherein M may comorise a value of mare than 100, more than 1000 or imore tha

D

are stored inoa matriy, each metry

0

5000. Both sets of obtained weighting factors

comprising vectors that are each related to cnz of the M training vectors.
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For each of the M iraining veciors, 2 distance is detenmined beiween a vecior comprising

*he weighting factors determined based on the first (reference) determination rule and a
vecior comprising ine weighting vactors datermined based on the encoder determination
rule. The dislances are sumimed up to oblain a {otal digiance ferror). wherein the tolal

2rror may be averaged to obtain an

During determination of the correction values, an objective may be to reduce the {otal
error and/or the average error. Therefore. a polynomial fitting may be executed based on
the determination rule shown in Fig. 4b, wherein the vectors a, b, ¢ and/or further vectors
are adapted to the polynomial such that the total and/or average error is reduced or
minimized. The polynomial is fit to the weighting factors determined based on the
determination rule, which will be executed at the decoder. The polynomial may be fit such
that the total error or the average error is below a threshold value, for example, 0.01, 0.1
or 0.2, wherein 1 indicates a total mismatch. Alternatively or in addition, the polynomial
may be fit such that the total error is minimized by utilizing based on an error minimizing
algorithm. A value of 0.01 may indicate a relative error that may be expressed as a
difference (distance) and/or as a quotient of distances. Alternatively, the polynomial fitting
may be done by determining the correction values such that the resulting total error or
average error comprises a value that is close to a mathematical minimum. This may be
done, for example, by derivation of the used functions and an optimization based on

setting the obtained derivation to zero.

A further reduction of the distance (error), for example the Euclidian distance, may be
achieved when adding the additional information, as it is shown for 114 at encoder side.
This additional information mayv also be used during calculating the correction parameters.
The information may be used by combining the same with the polynomial for determining
the correction value.

in other words first the tHWVi weighis and the G.718 weighis may be exiracted from a
database coniaining more than 5000 seconds {¢r M training vectors) of speach and music

material. The IHM weights may be stored in the matrix [ and the G.718 weights may be

stored in the mairix 4. Let /; and &; be veciors cortaining all IHM and G.713 weights w; of
he i-ih 1S or W8F wihcle {reining daiabaszs. Tnz average Cuclicean
distance  belwesn vaciors  may  be  delerminec based  on




di= 0 > U= G

Iri order to minimize the distance between thease two vectors a second order polynomial

may be fii:

M
1 2 a2
d; = I Z(Po,i + P o+ ool - Gy)

1 Ly Iy
A matrix El; = |1 Iy Ifi may be introduced and a vector P; = [Poi P pz,i]T in

10 order to rewrite:

Poi+ Pui i + p2ilf = EL P,

and:
15

1 M
(ii = H Z(Ell P{ - Gi)z

In order fo get the vector P, having the lowest average Euclidean distance the derivation

Fel; :
‘2l may be set o zero:

ar

i obtain
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To further reduce the difference (Euclidean distance) between the proposed weighis and
the G.718 weights reflection coefficients of other information may be added to the matrix
El,. Because, for example, the reflection coefficients carry some information about the
LPC model which is nct directly observable in the LSF or ISF domain, they help to reduce
the Euclidean distance d,. in practice probably not all reflection coefficients will lead tc a
significant reduction in Euclidean distance. The inventors found that it may be sufficient to
use the first and the 14th reflection coefficient. Adding the reflection coefficients the matrix

ET; will look like:

2 .
T Ly Iy 1 me
E[i =11 121' [22[ 21 T2 N

where 1y,, is the y-th reflection coefficient (or the other information) of the x-th instance in
the training dataset. Accordingly the dimension of vector P; will comprise changed
dimensions according to the number of columns in matrix El;. The calculation of the

optimal vector P; stays the same as above.

By adding further information, the determination rule depicted in Fig. 4b may be changed

(extended) accordingtoy =a+bx+cx* +dr’+ ...

Fig. 6 shows a schematic block diagram of an audio transmission system 600 according
to an embodiment. The audio transmission system 600 comprises the encoder 100 and a
decoder 602 configured to receive the output signal 182 as a bitstream comprising the
quantized LSF, or an information related thereto, respectively. The bitstream is sent over

a transmission media 604, such as a wired connection (cable) or the air.

in other words, Fig. 6 shows an overview of the LPC coding scheme at the encoder side.
it is worth mentioning that the weighting is used only by the encoder and is not needed by
the decoder. First a LPC anazlysis is performed on the input signal. it outputs LPC
coeflicients and reflection coefficients (RC). After the LPC analysis the LPC predictive
coefficients are converted to L3Fs. These LSFs are vector quantized by using 2 scheme
like a mutti-stage vector quantization and then transmiited o the decoder. The code word
iz selected according to a weighted squared error distance called WED as introduced in

the previous section. For this purpose associated weighis have o be computed
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hetorchand. Tha weights derivation is funclion of the original L8Fs and ths reflection

cosfficients. The reflection cosefficienis are directly avaliablz during the LT analysis az

Fig. 7 illusirates an embodiment of deriving the correciion values as it was described
above. The converted prediction coefficients 122" (LSFs) or other ceefficients are usad for
determining weights according to the encoder in a block A and for computing
corresponding weights in a block B. The obtained weights 142 are either directly
combined with obtained reference weights 1427 in a block C for fiiting the modeling, ie.
for computing the vector P; as indicated by the dashed line from block A to block C.
Optionally, if the further information 114 is such as the reflection coefficients or the
spectral power information is used for determining the correction values 162, the weights
142" are combined with the further information 114 in a regression vector indicated as
block D as it was described by exiended El; by the reflection values. Obtained weights

142" are then combined with the reference weighting factors 142" in the block C.

In other words, the fitting model of block C is the vector P which is described above. In the

following, a pseudo-code exemplarily summarizes the weight derivation processing:

Input: Isf = original LSF vector
order = order of LPC, length of Isf
parcorr[0] = - 1% reflection coefficient
parcorr[1] = - 14" reflection coefficient
smooth_flag= flag for smoothing weightis
w_past = past weights

Output

weights = computed weights

/Compute IHM weights™/
weights[0] = 1.7/ Isf[0] - 0 ) + 1./( Isf[1] - 1f[O] )
for(i=1; i<order-1; i++)

weights[il = 1 f/{Isf[i] - isf[i-11) + 1 fi(Isfli+1] - 1sf]i] )

weights[order-1] = 1.f/( Isflorder-1] - Isflerder-2] ) +  1.§/( 8000 - Isflorder-17 };

/7 Fitting model™/
for(i=0; i<order: +-;
{
weightsli] *= (80C0/ P,
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{7 avold oo low weights and negative weighis”®
iflweights[i] < 1.9/(+1})
weights[il = 1.1/(+1];

3
5
wharein “parcort” indicates ihe extension of the matrix E!

if(smooth_flag){
Tor(i=0; i<order; i++) {
tmp = 0.75Pweights[i] * 0.257*w_past]i];
w_past{i]=weights]i];
weightsli]=tmp;
}
}

which indicates the smoothing described above in which present weights are weighted

with a factor of 0.75 and past weights are weighted with a factor of 0.25.

The obtained coefiicients for the vector P may comprise scalar values as indicated
exemplarily below for a signal sampled at 16 kHz and with a LPC order of 16:

Isf_fit_model[5][16] = {

{679, 10921, 10643, 4998, 11223, 6847, 6637, 5200, 3347, 3423, 3208, 3329, 2785, 2295, 2287,
1743},

{23735, 14092, 9659, 7977, 4125, 3600, 3099, 2572, 2695, 2208, 1759, 1474, 1262, 1219, 931,
1139},

{-6548 ,-2496,-2002 ,-1675, -565, -529, -469, -395,-477,-423,-297, 248 ,-209,-160, -125,-217},

{-10830, 10563, 17248, 19032, 11645, 9608, 7454, 5045, 5270, 3712, 3567, 2433, 2380, 1895, 19562
, 1801},

{-17553, 12265, -758 , -1524, 3435, -2644, 2013, -615,-25, 651, -826, 973, -379, 301, 281, 165}

As stated above, instead of the LSF also the ISF may be provided by the converter as
converted coefficients 122. A weight derivation may be very similar as indicated by the
following pseudo-code. ISFs of order N are equivalent to LSFs of crder N-1 for the N-1
first coefficients to which we append the Nih reflection coefficients. Therefore the weights
derivation is very close to the LSF weights derivation. !t is given by the foliowing pseudo-
codc:

input: isT = original ISF vector
order = order of LPC, iength of Isf
parcarr{0] = - 1* reflection coefficient
parcorr[1] = - 14" reflection coefficient
smooth_flag= flag for smoothing weights
W _past = past weights

e
WULLUT

weights = computed weights
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for(i=1; i<ordar-
weightsi]

weightsiorder-21 = 1.4/ { Isfjorder-2] - Isflorder-31 5+ 1 7 8400 - isi{order-2] )

r Fitting n‘mdpl"“/
ior/r‘O i<order-1; i++)
{
weights{i] *= (6400/P1),
weighis|i] = ((float)(isf_fil_model[0}{i[)/(1<<12))
+ weights[il*((float)(isf_fit_model[1][I))/(1<<14))
+ weights[iT*weights[i]*((float)(isf_fit_model[2][I])/(1<<19))
+ parcorr[0]* {(float)(isf_fit_model[3][i])/(1<<13))
+ parcorr[1] * ((float)(isf_fit_model[4]i])/(1<<10)),
/* avoid too low weights and negative weights*/
if(weightsfi] < 1.f/(i+1))
weights[i} = 1.f/(i+1);
'

if(smooth_flag){
for(i=0; i<order-1; i++) {
tmp = 0.75f*weights]i] * 0.25f*"w_past[i];
w_past[i]=weights]i];
weights[i]=tmp;
}

1
weights[order-1]=1;

where fitting model coefficients for input signal with frequency components going up to

6.4 kHz:

isf_fit_model[5][15] = {
{8112,7326, 12119, 6264 , 6398 , 7690 , 5676 , 4712 , 4776, 3789, 3059, 2908 , 2862 , 3266 , 2740},
{16517 , 13269, 7121, 7281, 4981, 3107, 3031, 2493, 2000, 1815, 1747 , 1477 , 11562, 761, 728},
{-4481,-2819,-1509, -1578 , -1065 , -378 ,-519 , -416 , -300 , -288 , -323 , -242 , -187 , -7 , -45},
{-7787 , 5365, 12879 , 14908 , 12116, 8166, 7215, 5354 , 4881, 5116 . 4734 . 4435 , 4901 , 4433 , 5088},
{-11784 , 9971, -3548 , 1408 , 1108 . -2119, 26156 . -1844 1607 ,-714 . 855,279 52, Q72 -416}};

where fitting model coefiicients for input signal with frequency components going up to
4 kHz and with zero energy for frequency component going from 4 tc 6.4 kiHz:

ist_fit_modcl [5]{15] =
121228, -746 , 11940 , 205, 3352 , 85645 3765, 327 5 . 3513, 2982 4812 , 4410, 1038, -6623 . 6103},
{15704 , 12323 7411, 7416, 5391, 3656 . 3578 , 30 /, 2624, 2086 1680 1501 . 2284 , 9848 , -64C1},
{-¢1¢8 ., 2228 . .1398 , -1481, -9'17 538 , -65¢, -52 L G88 2D~ 221,174 -84 -11874 |, 27367},
{-209198 |, 25427 L 13579, 28389, 168548 , 9738, 8116 , €058 . 3812, 4‘;%1 L2290, 2357 4220 2977 -
71},
{-16320, 15452 , -5600 , 3300 , 589, -2308 , 2453 . 1099, 1351 . -1853 , 1628 , 1404 , 113, -755 , 358}

Basicaliy the orders of the I1SF ara maodified which raay be seei when comparsd the block

ing

" compuiz THN weights ¥/ o hoth nssudo-codas.
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Fig. 8 shows a schemalic flowchart of & method 800 for encoding an audio signal. The
method 800 comprises a step 802 in which the audio signal iz analyzed in in which
analysis prediclion coefiicients are determined from the audio signal. The method 800
further comprises a step 804 in which converied prediction ceoefficients are derived from
the analysis prediction coefficients. In a step 808 a multitude of correction values is
stored, for example in 2 memory such as the memory 160. In a siep 808 the converted
prediction coefficients and the multitude of correction values are combined {o obtain
corrected weighting factors. In a step 812 the converted prediction coefficients are
quantized using the corrected weighting factors to obtain a guantized representation of the
converted prediction coefficients. In a step 814 an output signal is formed based on

representation of the converted prediction coefficients and based on the audio signal.

In other words, the present invention proposes a new efficient way of deriving the optimal
weights w by using a low complex heuristic algorithm. An optimization over the IHM
weighting is presented that results in less distorﬁon in lower frequencies while giving more
distortion to higher frequencies and yielding a less audible the overall distortion. Such an
optimization is achieved by computing first the weights as proposed in [1] and then by
modifying them in a way to make them very close to the weights which would have been
obtained by using the G.718’s approach [3]. The second stage consist of a simple second
order polynomial model during a training phase by minimizing the average Euclidian
distance between the modified IHM weights and the G.718’s weights. Simplified, the
relationship between IHM and G.718 weights is modeled by a (probably simple)

polynomial function.

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 coniext of a method step also represent a description of a corresponding

block or item or feature of a corresponding apparatus.
The inventive encoded audio signal can be stored on a digital storage medium or can be
transmitted on a transmission medium such as a wireless transmission medium or a wired

transmission medium such as tha Intermnet.

s of the inventicn can be

ey

Depsnding on cerlain implementation recuirements, emoodimen

in

%3]
(e}
a

implemented in hardware or in software. The implementation can be performed u
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ligital siorage medium, for 2xample a floppy disk, & DVID, a CD, & ROM, a PROM, =

Q

EPROM, an EEPROM or a FLASH memory, having electronically readable control signals

sforec inzrecn, which cooperate {or are capable of cooperating) with a programmable

compuier sysiem such that the respaciive meinhod is performed.

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

performed.

Generally, embodiments of the present invention can be implemented as a computer
program product with a program code, the program code being operative for performing
one of the methods when the computer program product runs on a computer. The

program code may for example be stored on a machine readable carrier.

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

described herein, stored on a machine readable carrier.

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

computer program runs on a computer.

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

computer program for performing one of the methods described herein.

A further embodiment of the inventive meathod is, therefore, a data siream or a sequence
of cignals representing the computer program for performing one of the methods
described herein. The data stream or the sequence of signals may for example oo

configurad to be iransferred via a data communication connection. for example via the

H ~ - [ N Ry -
Ch aXxamomg & compldiar, of a

[
§8)
%]
{
>
Al

~ fuither smbodimert compiises a processing

cdevics, configurad io or adapiec o perform one o the methods
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A further embodiment comprises & 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 funciionalities of the methods
described herein. In some embodiments, a field programmable gate array may cooperate
with a microprocessor in order to perform one of the methods described herein. Generally,

the methods are preferably performed by any hardware apparatus.

The 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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Claims

Encoder for enceding an audio signal, the encoder comprising:

an analyzer configured for analyzing the audio signal and for determining analysis
prediction coefficients from the audio signal;

a converter configured for deriving converted prediction coefficients from the
analysis prediction coefficients;

a memeory configured for storing a multitude of correction values,

a calculator comprising:

a processor configured for processing the converted prediction coefficients to
obtain spectral weighting factors;

a combiner configured for combining the spectral weighting factors and the
multitude of correction values to obtain corrected weighting factors; and

a quantizer configured for quantizing the converted prediction coefficients using
the corrected weighting factors to obtain a quantized representation of the
converted prediction coefficients; and
a bitstream former configured for forming an oufput signal based on the guantized
representation of the converted prediction coefficients and based on the audio
signal;
wherein the combiner is configured for applying a polynomial based on a form

w = q + hx + cx?

wherein w denotes an obtained corrected weighting factor, x denotes the spectral
weighting factor and wherein a, b and ¢ denote correction values.
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Encoder according to claim 1, wherein the combiner is configured for combining the
spectral weighting factors, the multitude of correction values and a further
information related to the input signal to obtain the corrected weighting factors.

Encoder according to claim 2, wherein the further information related to the input
signal comprises reflection coefficients obtained by the analyzer or comprises an
information related to a power spectrum of the audio signal.

Encoder according to one of previous claims, wherein the analyzer is configured for
determining linear prediction coefficients and wherein the converter is configured for
deriving Line Spectral Frequencies or Immittance Spectral Frequencies from the
linear prediction coefficients.

Encoder according to one of previous claims, wherein the combiner is configured for
cyclical, in every cycle, obtaining the corrected weighting factors; wherein

the calculator further comprises a smoother configured for weightedly combining first
guantized weighting factors obtained for a previous cycle and second quantized
weighting factors obtained for a cycle following the previous cycle fo obtain
smoothed corrected weighting factors comprising a value between values of the first
and the second quantized weighting factors.

Encoder according to one of previous claims, wherein the multitude of correction
values is derived from precalculated weights, wherein a computational complexity
for determining the precalculated weights is higher when compared io a
computational complexity of determining the spectral weighting factors .

Encoder according to one of previous claims, wherein the processor is configured
obtaining the spectral weighting factors by an inverse harmonic mean.

Encoder according to one of previous claims, wherein the processor is configured
obtaining the spectral weighting factors based on a form:

1 1
w; = + - -
CoUsfi— Isfinyy (sfiy = Isf)
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wherein w; denoctes a determined weight with index i, Isf; denotes a line spectral
frequency with index i, wherein the index i corresponds to a number of spectral
weighting factors obtained.

Audio transmissions system comprising:
an encoder according to one of previous claims; and

a decoder configured for receiving the output signal of the encoder or a signal
derived thereof and for decoding the received signal to provide a synthesized audio
signal;

wherein the encoder is configured to access a transmission media and to transmit
the output signal via the transmission media.

Method for determining correction values for a first multitude of first weighting
factors each weighting factor adapted for weighting a portion of an audio signal, the
method comprising:

calculating the first multitude of first weighting factors for each audio signal of a set
of audio signals and based on a first determination rule;

calculating a second multitude of second weighting factors for each audio signal of
the set of audio signals based on a second determination rule, each of the second
multitude of weighting factors being related to a first weighting factor;

calculating a third muititude of distance values each distance value having a value
related to a distance between a first weighting factor and a second weighting factor
related to a portion of the audio signal, and

calculating a fourth multitude of correction values adapted to reduce the distance
values when combined with the first weighting factors;

wherein the fourth mulffitude of correction values is determined based on a
polynomial fitting comprising multiplying the values of the first weighting factors with
a polynomial (y = a + bx +cx?) comprising at least one variable for adapting a term of
the polynomial.
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Method according to claim 10, wherein the fourth multitude of correction values is
determined based on a polynomial fitting comprising:

multiplying the values of the first weighting factors with a polynomial (y = a + bx
+cx’) comprising at least one variable for adapting a term of the polynomial;

calculating a value for the variable such that the third multitude of distance values
comprises a value below a threshold value based on:

dd;
a—;: 207 (G~ ELP) =0
13

and
Po= (EIFEI)EIT G,

wherein d denotes a distance value of an i-th portion of the audio signals, wherein P,
denotes a vector comprising a form based on P; = [Po;  Pag pzii]T, and wherein
El; denotes a matrix based on:

1 hi Iy
Eli =11 1,; I

wherein |, denotes the i-th weighting factor determined based on the first
determination rule for the x-th portion of the audio signal.

Method according to claim 10 or 11, wherein the third multitude of distance values is
calculated based on a further information comprising reflection coefficients or an
information related to a power spectrum of the at least one of the set of audic
signals based on:

2
1l I ma ne
1

. JE2. T2 T o,
2.4 2

wherein |, denotes the i-th weighting factor determined based on the first

Al

determination rule for the x-th portion of the audio signal and r,. denoctes the further



10

15

20

25

30

13.

14,

31

information based on the b-th weighting factor and the x-th portion of the audic
signal.

Method for encoding an audio sighal, the method comprising:

Analyzing the audio signal and for determining analysis prediction coefficients from
the audio signal ;

Deriving converted prediction coefficients from the analysis prediction coefficients ;
Storing a multitude of correction values;

Processing the converted prediction coefficients to obtain spectral weighting factors;
combining the spectral weighting factors and the multitude of correction values o
obtain corrected weighting factors comprising applying a polynomial based on a
form

w=a+ bx +cx?

wherein w denotes an obtained corrected weighting factor, x denotes the spectral
weighting factor and wherein a, b and ¢ denote correction values;

guantizing the converted prediction coefficients using the corrected weighting factors
to obtain a quantized representation of the converted prediction coefficients; and

forming an output signal based on representation of the converted prediction
coefficients and based on the audio signal.

Computer program having a program code for performing, when running on a
computer, a method according to one of claims 10-13.
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dy b, Cy
® ® ®
[ ] [ ) [ ]
® [ ) o
dyg Dys Cig
a b C
< -

FIG 4A

2
Yy=a+bx+cx

FIG 4B

FIG 4C

a, + byHM, + ¢ IHM
3, + b,lHM, + C,IHM

2

correction values
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W, (LSF, - LSF,)* + W,(LSF,, - LSF,)* + o o o + w,((LSF' - LSF,)’
16

= 3 wLSF, - LSF,)’

i=1

FIG 5A

Qu'
QU“
LSF,, LSF, o ¢ ¢ LSF, = QU
; QU _ Qum
LSF",, LSF", o o & LSF' = Qu" .

FIG 5B
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Analyzing the audio signal and for determining analysis
prediction coefficients from the audio signal

——2802

Deriving converted prediction coefficients from
the analysis prediction coefficients

—~—_804

Storing a multitude of correction values

—~—2806

Combining the converted prediction coefficients and
the multitude of correction values to obtain
corrected weighting factors

—~—2808

Quantizing the converted prediction coefficients using
the corrected weighting factors to obtain a quantized
representation of the converted prediction coefficients

—~—_812

Forming an output signal based on representation
of the converted prediction coefficients
and based on the audio signal

—~—_814

FIG 8



