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Apparatus and Method for Synthesizing an Audio Signal, Decoder, Encoder,

System and Computer Program

Description

The present invention relates to the field of audio coding, more specifically to the field of
synthesizing an audio signal. Embodiments relate to speech coding, particularly to the
speech coding technique called code excited linear predictive coding (CELP).
Embodiments provide an approach for adaptive tilt compensation in shaping the codes of

a CELP in an innovative or fixed codebook.

The CELP coding scheme is widely used in speech communications and is an efficient
way of coding speech. CELP synthesizes an audio signal by conveying to a linear
predictive filter (e.g., LPC synthesis filter 1/A(z)) the sum of two excitations. One excitation
is coming from the decoded past, which is called the adaptive codebook, and the other
contribution is coming from a fixed or innovative codebook which is populated by fixed
codes. One problem with the CELP coding scheme is that at low bit-rates the innovative
codebook is not populated enough for modeling efficiently the fine structure of speech so
that the perceptual quality is degraded and the synthesized output signal sounds noisy.

For mitigating coding artifacts, different solutions were already proposed and are
described in reference [1] and in reference [2]. In these references, the codes of the
innovative codebook are adaptively and spectrally shaped by enhancing the spectral
regions corresponding to the formants of the current frame of the audio signal. The
formant positions and the shapes can be deduced directly from the LPC coefficients which
are coefficients available at both the encoder and the decoder. The formant enhancement

of the codes ¢(n) of the innovative codebook are done by a simple filtering operation:

c(n) * fo(n).

in this filtering process fu(n) is the impulse response of the filter having the following
transfer function:

_A(L/wl)

B&) = T
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where w1 and w2 are two weighting constants emphasizing more or less the formantic
structure of the transfer function Fe(z). The resulting shaped codes of the innovative
codebook inherit one characteristic of the speech signal and the synthesized signal

sounds less noisy.

in the CELP coding scheme it is also usual to add a spectral tilt to the codes of the
innovative code book, which is done by filtering the codes from the innovative codebook
as follows:

F(z) = 1- Bz

The factor B is related to the voicing of the previous audio frame, and the voicing can be
estimated from the energy contribution from the adaptive codebook. For example, if the
previous frame is voiced, it is expected that the current frame will also be voiced and that
the codes will have more energy in the low frequencies, i.e. the spectrum has a negative
tilt.

It is an object of the present invention to provide an improved approach for synthesizing

an audio signal.

This object is achieved by an apparatus according to claim 1, and by a method according
to claim 19.

The present invention provides an apparatus for synthesizing an audio signal which
comprises a processing unit configured to apply a spectral tilt to the code of codebook
used for synthesizing a current frame of the audio signal, wherein the spectral tilt is based

on the spectral tilt of the current frame of the audio signal.

The present invention provides a method for synthesizing an audio signal, the method
comprising applying a spectral tilt to the code of a codebook used for synthesizing a
current frame of the audio signal, wherein the spectral tilt is determined on the basis of the
spectral tilt of the current frame of the audio signal.
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The inventors of the present application found out that the synthesizing of an audio signal
can be further improved both at low and higher bit-rates by exploiting the nature of the
spectral tilt of the audio signal upon synthesizing the signal for improving the achievable
coding gain. In accordance with embodiments, the present invention provides for a
speech coding, for example using the CELP speech coding technigue, which allows
enhancing the coding gain of CELP, thereby enhancing the perceptual quality of the
decoded or synthesized signal. The inventive approach is based on the inventors’ finding
that this improvement can be achieved by adapting the spectral tilt of the codes of a
codebook, for example the codes of the CELP innovative codebook, as a function of the
spectral tilt of the actual input signal currently processed. The inventive approach is
advantageous as, in addition to the enhanced coding gain, at low bit-rates, where the
innovative codebook is not populated enough for modeling efficiently the fine structure of
the speech, it also allows for a further formant enhancement. At higher bit-rates, where
the innovative codebook is sufficiently populated, applying the inventive approach will
enhance the coding gain. More specifically, at higher bit-rates the formant enhancement
may not be needed, as the innovative codebook is large enough for modeling properly the
fine structure of the speech, and further enhancing the formant will make the synthesized
signal sound too synthetic. However, the optimal codes are not spectrally flat and adding
a spectral tilt will enhance the coding gain. In accordance with embodiments the optimal
tilt to apply to the codes of the innovative codebook is estimated more accurately, more

specifically it is correlated to the tilt of the current frame of the input signal.

In accordance with embodiments the spectral tilt of the current frame of the audio signal is
determined on the basis of spectrai envelope information for the current frame of the
audio signal, wherein the spectral envelope information may be defined by LPC
coefficients. This embodiment is advantageous as it allows determining the spectral tilt of
the current frame on the basis of information readily available both at the encoder and the
decoder, namely the LPC coefficients.

In accordance with further embodiments the spectral tiit of the current frame of the audio
signal, on the basis of the LPC coefficients, may be determined on the basis of a
truncated infinite impulse response of the LPC synthesis filter. In accordance with
embodiments, the truncation may be determined by the size of the innovative codebook,
i.e. by the number of codes in the innovative codebook. This approach is advantageous
as it allows to directly relate the determination of the spectral tilt to the actual size of the

innovative codebook.
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in accordance with further embodiments, the infinite impulse response may be of a LPC
synthesis filter having a non-weighted transfer function or a weighted transfer function.
Using the non-weighted transfer function allows for a simplified determination of the
spectral tilt, while using the weighted transfer function is advantageous as it allows for a
spectral tilt having a slope closer to the optimal filt.

In accordance with embodiments, the determined spectral tilt is applied to the respective
code by filtering the code from the codebook based on a transfer function which includes
the spectral tilt. This embodiment is advantageous as by a simple filtering process the
enhancement can be achieved.

In accordance with yet another embodiment the spectral tilt of the current frame may be
combined with a factor related to the voicing of the previous frame of the audio signal, for
example by filtering the code from the codebook based on a transfer function including the
spectral tilt and the factor. This approach is advantageous as it provides for a possibility to

obtain an even better estimate of the optimal {ilt.

The present invention provides an audio decoder comprising the inventive apparatus for

synthesizing an audio signal.

The present invention provides an audio decoder for decoding an audio signal, wherein
the audio decoder is configured to apply a spectral tilt to the code of a codebook used for
synthesizing a current frame of the audio signal, wherein the spectral tilt is based on the

spectral tilt of the current frame of the audio signal.

The present invention provides an encoder for encoding an audio signal, wherein the
audio encoder is configured to determine from a spectral tilt of a current frame of the
audio signal a spectral tilt for a code of a codebook representing a current frame of the

audio signal.

The present invention provides a system, comprising the inventive audio decoder and the

inventive audio encoder.

The present invention provides a non-transitory computer medium storing instructions to

carry out, when run on a computer, the inventive method for synthesizing an audio signal.
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Embodiments of the present invention will now be described in further detail with

reference to the accompanying drawings, in which:

Fig. 1 shows a schematic representation of the inventive apparatus for

synthesizing an audio signal in accordance with a first embodiment;

Fig. 2 shows a simplified block diagram of a signal synthesizer in accordance with
a second embodiment of the invention, which operates on the basis of the
CELP scheme;

Fig. 3 shows a simpilified block diagram of a signal synthesizer in accordance with
a further embodiment of the present invention, again applying the CELP

coding scheme incorporating the voicing of a previous frame;

Fig. 4 shows an embodiment of a decoder, for example a speech decoder
operating in accordance with the teachings of the present invention; and

Fig. 5 shows an embodiment of an encoder, for example a speech encoder

operating in accordance with the teachings of the present invention.

In the following, embodiments of the inventive approach will be described. it is noted that
in the subsequent description similar elements/steps are referred by the same reference

signs.

Fig. 1 shows a schematic representation of the inventive apparatus for synthesizing an
audio signal in accordance with a first embodiment. The apparatus 100 receives at an
input 102 an encoded signal, for example an encoded audio signal, like a speech signal.
For decoding the audio signal, the apparatus 100 comprises a codebook 104 including a
plurality of codes. For synthesizing the signal, when processing a current frame, on the
basis of the encoded signal received at input 102, an appropriate code or codeword is
selected from the codebook 104 and supplied towards the synthesizer or synthesis filter
106. In accordance with the present invention, the apparatus comprises the processing
unit 108 which determines, based on the spectral tilt of the current frame of the audio
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signal, i.e. the frame of the audio signal currently processed by the apparatus 100, a
spectral tilt to be applied to the code c(n) read from the codebook 104, as is schematically
represented at 110. The modified code c(n)y is applied to the synthesis filter 106 which
generates on the basis of the modified code a synthesized signal that is provided to the
output 112 of the apparatus 100. The processing unit 108 may determine the spectral tilt
on the basis of spectral envelope information for the current frame, e.g., filter coefficients
for the synthesis filter 106 that are available at the apparatus 100.

In accordance with further embodiments, an adaptive tilt compensation for shaping codes
of a CELP innovative codebook will be described. Fig. 2 shows a simplified block diagram
of a signal synthesizer 200 in accordance with a second embodiment of the invention,
which operates on the basis of the CELP scheme. In accordance with the CELP scheme,
the synthesizer 200 includes a fixed or innovative codebook 202 and an adaptive
codebook 204. Dependent on the encoded signal, for a current frame that is currently
processed by the synthesizer 200, a code is output from the respective codebooks 202
and 204. The synthesizer 200 comprises a summer or combiner 206 for combining the
codes received from the respective codebooks 202 and 204. The output of the summer
206 is connected to a LPC synthesis filter 208 for synthesizing the actual audio signal and
outputting it at an output 210. In accordance with embodiments, the synthesizer 200 may
include a first amplifier 212 for multiplying a contribution from the fixed codebook 202 by a
desired code gain. Further, a second amplifier 214 may be provided for multiplying the
contribution from the adaptive codebook 204 in accordance with a pitch gain as the
contribution from the adaptive codebook models the pitch of the speech. In accordance
with another embodiment also an LPC coefficient storage 216, like a memory or the like,
may be provided for storing LPC coefficients that are available at the decoder including
the synthesizer 200. The LPC coefficients are provided to the synthesis filter 208 for
providing the desired LPC synthesis filtering.

The synthesizer 200 includes the filter 218 that is connected between the fixed codebook
202 and the first amplifier 212. The filter 218 receives from the storage 216 the LPC
coefficients for the current frame. By means of the inventive structure the tilt of the audio
frame that is currently processed is recovered from the already transmitted LPC
coefficients that are stored in storage 216. In accordance with the embodiment of Fig. 2, it
is assumed that f(n) is the impulse response of the LPC synthesis filter 208 having the

transfer function F(z) = 1/A(z), and the tilt is determined as follows by the filter 218:
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Z fs(n+ Dfs(n)
£

where N is the size of the truncation of the infinite impulse response fi(n). In accordance
with an embodiment, N is equal to the size of the innovative codebook, i.e. N is equal to
the number of codes or codewords stored in the innovative codebook. The speciral tilt is
applied, in accordance with the embodiment of Fig. 2, to the code c(n) retrieved from the
fixed codebook 202 by a filtering operation provided in the filter 218. The filtering
operation is defined as follows:

c(n) * fu(n),
where f;(n) is the impulse response of the following transfer function:
Ftl(z) = 1 - ‘)/Z—‘l.

The embodiment of Fig. 2 is advantageous as it allows for enhancing the perceptual
quality of the decoded signal by enhancing the coding gain. The enhancement of the
coding gain is achieved by filtering a codeword or code retrieved from the fixed codebook
202 by a transfer function including a spectral tilt that is determined on the basis of the
impulse response of the transfer function of the LPC synthesis filter 208.

In accordance with a third embodiment, for further improving the spectral tilt to be closer
to an optimal tilt, i.e. to be closer to the actual tilt of the current frame of the input signal,

the LPC synthesis filter 208 has the following transfer function:

A(l/wl)

@)= G we)

with w1 = 0.8 and w2 = 0.9. In this case, the spectral tilt is defined as follows:

2 fe(n+ Dfe(n)
fém

The weighting constants w1 and w2 are used to control the dynamic of the spectral

envelope. For example, if wi =0 and w2 =1, then F,(z) follows quite closely the true
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signal envelope. The resulting spectral tilt y will show a high dynamic and can fluctuate too
much. This may be a solution for very low bit-rates where the codebook lacks definitively
of tilt structure. However it was found that perceptually it is better to deduce the spectral
tiit v from a smooth version of the spectral envelope. A good smoothing was found to be
achieved with the above values w1 = 0.8 and w2 = 0.9, which shows a good trade-off for a
large range of bit-rates. In accordance with embodiments, w1 and w2 are be bit-rate
dependent. At very high rates if the codebook is large enough and is able to model any

spectral tilts v, one may switch off the influence of the spectral tilt y by setting w1 =w2 = 1.

When compared to the second embodiment, which yields a tilt having a steeper slope
than the optimal tilt would have, the third embodiment using the “weighted” transfer
function provides for a tilt that is closer to the actual tilt of the current frame.

Fig. 3 shows a further simplified block diagram of a signal synthesizer 200’ in accordance
with a fourth embodiment of the present invention, again applying the CELP coding
scheme. When compared to the embodiments described with regard to Fig. 2, the
embodiment described with regard to Fig. 3 further applies the above mentioned factor
related to the voicing of a previous frame. As can be seen from Fig. 3, the structure of the
synthesizer 200’ is substantially the same as the structure of the synthesizer 200 of Fig. 2,
except that in addition a voicing estimator 220 is provided that receives the output of the
amplifier 214 and the combined contributions from the innovative and adaptive codebooks
output by the summer 206. The voicing estimator outputs a signal to the filter 280 so that
the code or codeword obtained from the innovative codebook 202 is modified on the basis
of a determined tilt (see Fig. 2 and the description above) combined with a voicing factor.
More specifically, in accordance with the embodiment of Fig. 3, the determined spectral tilt
is combined with the factor B which relates to the voicing of the previous frame. The
approach described with regard to Fig. 3 is advantageous as it allows to obtain an even
better estimate of the tilt to be applied to the codeword when compared to the
embodiments described with regard to Figs. 1 and 2. The modification of the code or code
shaping may again be considered as a filiering operation using a transfer function as
follows:

Fpo(@)=1-(a-B+b-y)z™"

where a and b are constants. In a preferred embodiment a = 0.5 and b = 0.25. The factor

B may be deduced from the voicing of a previous frame as follows:



10

15

20

25

30

WO 2014/118156 PCT/EP2014/051592

energy(contribution of adaptive codebook)—energy(contribution of fixed codebook)

voicing =
g energy{sum of contributions)

and the actual factor B may be determined as follows:

B = constant - (1 + voicing)

The constants a and b are applied to control the mixture of voicing tilt B and the spectral
tilt y. As mentioned above with regard to the weighting constants w1 and w2, for low and
medium bit-rates, it may be relevant to shape the codebook by sharpening low
frequencies or high frequencies based on the spectral tilt y. It was also observed that the
more the signal is voiced the better is it to sharp the high frequencies. The constants a
and b may be used to normalize the tilt factors B and y and weigh their strengths in order
to combine the two effects as desired. In accordance with embodiments, the constants a
and b may be found empirically by assessing the perceptual quality. This gives about the
same strength to both factors: vy is bounded between -1 and 1, so b -y is between -0.25
and 0.25 and B is bounded between 0 and 0.5 so a * § is bounded between 0 and 0.25. As
for the weighting constants w1 and w2, also the constants a and b may be made bit-rate
dependent.

In accordance with the fourth embodiment, the audio synthesis as shown in Fig. 3 is such
that the adaptive codebook contribution is multiplied by a gain called pitch gain as the
contribution models the pitch of the speech. The innovative code is first filtered by Fi(z)
for adding the spectral tilt to the code, wherein the tilt, as described above, is correlated to
the tilt of the current frame of signal to be synthesized. The output of the filter 218 is
multiplied by the code gain, and the two contributions, the multiplied contribution from the
adaptive codebook and the muitiplied modified contribution from the innovative codebook
are summed by the summer 206 before being filtered by the synthesis filter for generating
the synthesized output signal at the output 210.

Fig. 4 shows an embodiment of a decoder, for example a speech decoder operating in
accordance with the teachings of the present invention. The decoder 300 includes a
synthesizer 100, 200, 200’ in accordance with one of the above described embodiments.
The decoder has an input 302 receiving an encoded signal that is processed by the
decoder and the synthesizer for generating at an output 304 of the decoder 300 a
decoded signal.
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Fig. 5 shows an embodiment of an encoder, for example a speech encoder operating in
accordance with the teachings of the present invention. The encoder 400 includes a
processing unit 402 for encoding an audio signal. Further the processing unit determines
from a spectral tilt of a current frame of the audio signal (e.g. from the LPC coefficients
available at the encoder) information representing a spectral tilt for a code of a codebook
at the decoder representing a current frame of the audio signal. This information may be
transmitted together with the encodes audio signal to the decoder side where it can be
applied upon synthesizing the audio signal. The spectral tilt may be determined at the
encoder in a way as described above with regard to Figs 1 to 3, and it may be applied at
the decoder as described above with regard to Figs 1 to 3. Thus, embodiments of the
invention provide the above audio encoder as shown in Fig. 5 together with an audio
decoder for decoding an audio signal, wherein the audio decoder does not necessarily
need to determine the spectral tilt, rather, it is configured to apply the spectral tilt received
from the encoder to the code of a codebook used for synthesizing a current frame of the
audio signal. For example, the decoder may have a synthesizer as the one in Figs. 1 to 3,
except that the processing unit 108 or filter 218 receive the tilt calculated at and
transmitted from the encoder. The received tilt may be stored, e.g., in the storage 216 or
in another storage.

Although some aspects have been described in the context of an apparatus, it is clear that
these aspects also represent a description of the corresponding method, where a block or
device corresponds to a method step or a feature of a method step. Analogously, aspects
described in the context of a method step also represent a description of a corresponding
block or item or feature of a corresponding apparatus. Some or all of the method steps
may be executed by (or using) a hardware apparatus, like for example, a microprocessor,
a programmable computer or an electronic circuit. In some embodiments, some one or

more of the most important method steps may be executed by such an apparatus.

Depending on certain implementation requirements, embodiments of the invention can be
implemented in hardware or in software. The implementation can be performed using a
non-transitory storage medium such as a digital storage medium, for example a floppy
disc, a DVD, a Biu-Ray, a CD, a ROM, a PROM, and EPROM, an EEPROM or a FLASH
memory, having electronically readable control signals stored thereon, which cooperate

(or are capable of cooperating) with a programmable computer system such that the
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respective method is performed. Therefore, the digital storage medium may be computer
readable.

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

Generally, embodiments of the present invention can be implemented as a computer
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 method 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. The data carrier,
the digital storage medium or the recorded medium are typically tangible and/or non-
{ransitionary.

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

A further embodiment comprises a processing means, for example, a computer or a
programmable logic device, configured to, or programmed to, perform one of the methods

described herein,
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A further embodiment comprises a computer having installed thereon the computer

program for performing one of the methods described herein.

A further embodiment according to the invention comprises an apparatus or a system
configured to transfer (for example, electronically or optically) a computer program for
performing one of the methods described herein to a receiver. The receiver may, for
example, be a computer, a mobile device, a memory device or the like. The apparatus or
system may, for example, comprise a file server for transferring the computer program to
the receiver .

In some embodiments, a programmable logic device (for example, a field programmable
gate array) may be used to perform some or all of the functionalities of the methods
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
An apparatus for synthesizing an audio signal, comprising:

a processing unit (108, 110, 218) configured to apply a spectral tilt to the code of a
codebook (104, 202) used for synthesizing a current frame of the audio signal,

wherein the spectral tilt is based on the spectral tilt of the current frame of the
audio signal.

The apparatus of claim 1, configured to determine the spectral tilt of the current
frame of the audio signal on the basis of spectral envelope information for the
current frame of the audio signal.

The apparatus of claim 2, wherein the spectral envelope information is defined by
LPC coefficients, and wherein the spectral tilt of the current frame of the audio
signal is defined as follows:
fs(n+ 1)fs(n)
2 &)
with:
f:(n) the infinite impulse response of a LPC synthesis filter (106, 208) having
the transfer function F,(z) = 1/A (z), and
N the size of the truncation of the infinite impulse response f;(n).

The apparatus of claim 2, wherein the spectral envelope information is defined by
LPC coefficients, and wherein the spectral tilt of the current frame of the audio
signal is defined as follows:

z fe(n+ Dfe(n)

M)
with:
fo(n) the infinite impulse response of a LPC synthesis filter (106, 208) having
. _AQ/w1)
the transfer function F,(z) = AWy
N the size of the truncation of the infinite impuise response f;(n), and

wt, w2  weighting constants for defining the formantic structure of the transfer
function F,(z).

The apparatus of claim 3 or 4, wherein N is equal to the number of codes in the
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10.

11.

12.

15

codebook (104, 202).

The apparatus of any one of claims 1 to 5, wherein the processing unit (108, 110,
218) is configured to apply the spectral tilt by filtering the code from the codebook
(104, 202) based on a transfer function including the spectral tilt.

The apparatus of claim 8, wherein the transfer function including the spectral tilt is
defined as follows:
Ftl(z) = 1 b )/Z_l.

The apparatus of any one of claims 1 to 5, wherein the processing unit (108, 110,
218) is further configured to combine the determined spectral tilt of the current
frame of the audio signal with a factor related to the voicing of the previous frame
of the audio signal.

The apparatus of claim 8, wherein the factor related to the voicing of the previous
frame of the audio signal is defined as foliows:

B = constant - (1 + voicing)
with:

energy(contribution of adaptive codebook)—energy(contribution of fixed codebook)
energy(sum of contributions) )

voicing =

The apparatus of claim 8 or 9, wherein the processing unit (108, 110, 218) is
configured to apply the spectral tilt by filtering the code from the codebook (104,
202) based on a transfer function including the spectral tilt and the factor related to
the voicing of the previous frame of the audio signal.

The apparatus of claim 10, wherein the transfer function including the spectral filt is
defined as follows:
Feo(2)=1- (a B+ b-y)z™",
with:
a b constants.

The apparatus of any one of claims 1 to 11, wherein the audio signal is a speech
signal, wherein the processing unit for applying the spectral tilt comprises a filter
(218), and wherein the apparatus further comprises:
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13.

14.

15.

16

an adaptive codebook (204),

a fixed codebook (202),

the filter (218) coupled fo the fixed codebook (202), the filter (218) being
configured to apply the determined spectral tilt to the code of the fixed codebook
(202) for obtaining a filtered code of the fixed codebook (202) ,

a summer (206) coupled to the adaptive codebook (204) and to the filter (218), the
summer (206) configured to combine a code from the adaptive codebook (204)
and the filtered code of the fixed codebook (202) for obtaining a combined code,
and

a LPC synthesis filter (208) coupled to the summer (206).

The apparatus of claim 12, further comprising:

a pitch gain amplifier (214) coupled between the adaptive codebook (204) and the
summer (206), the pitch gain amplifier (214) configured to multiply the code from
the adaptive codebook (204) with a pitch gain, and

a code gain amplifier (212) coupled between the filter (218) and the summer (206),
the code gain amplifier (212) configured to multiply the filtered code of the fixed
codebook (202) with a code gain.

The apparatus of claim 12 or 13, further comprising:

a voicing estimator (220) coupled to the adaptive codebook (204) and to the
summer (206), the voicing estimator (220) configured to output a factor related to
the voicing of the previous frame of the audio signal fo the filter (218), and

a storage (216) configured to store LPC coefficients describing spectral envelope
information for the current frame of the audio signal, the storage (216) being
coupled to the filter (218).

An audio decoder comprising an apparatus for synthesizing an audio signal
according to any one of claims 1 or 14.
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186.

17.

18.

19.

20.

21.

17

An audio decoder for decoding an audio signal, wherein the audio decoder is
configured to apply a spectral filt to the code of a codebook (104, 202) used for
synthesizing a current frame of the audio signal, wherein the spectral tilt is based
on the spectral tilt of the current frame of the audio signal.

An audio encoder for encoding an audio signal, wherein the audio encoder is
configured to determine from a spectral tilt of a current frame of the audio signal a
spectral tilt for a code of a codebook (104, 202) representing a current frame of the
audio signal.

A system, comprising:

an audio decoder according to claim 15, and

an audio encoder according to claim 16.

A method for synthesizing an audio signal, the method comprising:

applying a spectral tilt to the code of a codebook (104, 202) used for synthesizing
a current frame of the audio signal,

wherein the spectral tilt is determined on the basis of the spectral tilt of the current
frame of the audio signal.

The method of claim 19, wherein the spectral tilt of the current frame of the audio
signal is determined on the basis of spectral envelope information for the current
frame of the audio signal.

The method of claim 20, wherein the spectral envelope information is defined by
LPC coefficients, and wherein the spectral tilt of the current frame of the audio
signal is determined as follows:
fs(n+ 1)f(n)
z £
with:
() the infinite impulse response of a LPC synthesis filter (106, 208) having
the transfer function F(z) = 1/A(2), and
N the size of the truncation of the infinite impulse response f,(n).
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22.

23.

24.

25.

26.

27.

28.

18

The method of claim 20, wherein the spectral envelope information is defined by
LPC coefficients, and wherein the spectral tilt of the current frame of the audio
signal is determined as follows:

Z fe(n+ )fe(n)

fEm)
with:
fe(n) the infinite impulse response of a LPC synthesis filter (106, 208) having
the transfer function F,(z) = ig%g
N the size of the truncation of the infinite impulse response f;(n), and

w1, w2  weighting constants for defining the formantic structure of the transfer
function F,(z).

The method of claim 21 or 22, wherein N is equal to the number of codes in the
codebook (104, 202).

The method of any one of claims 19 to 23, wherein applying the spectral tilt
comprises filtering the code from the codebook (104, 202) based on a transfer
function including the spectral tilt.

The method of claim 24, wherein the transfer function including the spectral tilt is
determined as follows:
Fou(z)= 1-yz™l

The method of any one of claims 19 to 23, further comprising combining the
determined spectral tilt of the current frame of the audio signal with a factor related
to the voicing of the previous frame of the audio signal.

The method of claim 26, wherein the factor related to the voicing of the previous
frame of the audio signal is determined as follows:

g = constant - (1 + voicing)
with:

energy(contribution of adaptive codebook)~energy(contribution of fixed codebook)
energy{sum of contributions)

voicing =

The method of claim 26 or 27, wherein applying the spectral tilt comprises filtering
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the code from the codebook (104, 202) based on a transfer function including the
spectral tilt and the factor related to the voicing of the previous frame of the audio
signal.

The method of claim 28, wherein the transfer function including the spectral tilt is
determined as follows:
Fio(2) = 1~ (a-f+ b-y)z 7%,
with:
a b constants.

The method of any one of claims 19 to 29, wherein the audio signal is a speech
signal, and wherein synthesizing the audio signal comprises for a frame of the
audio signal:

applying the determined spectral tilt to the code of a fixed codebook (202) for
obtaining a filtered code of the fixed codebook (202),

combining a code from an adaptive codebook (204) and the filtered code of the
fixed codebook (202) to obtain a combined code, and

filtering the combined code by a LPC synthesis filter (208).

The method of claim 30, further comprising multiplying the code from the adaptive
codebook (204) with a pitch gain, and multiplying the filtered code of the fixed
codebook (202) with a code gain.

The method of claim 30 or 31, further comprising:

based on the code from the adaptive codebook (204) and the combined code,
generating a factor related to the voicing of the previous frame of the audio signal,
and

storing LPC coefficients describing spectral envelope information for the current
frame of the audio signal.

A non-transitory computer medium storing instructions for carrying out, when run
on a computer, a method for synthesizing an audio signal as defined in any one of
claims 19 to 32.



