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Concept for Encoding an Audio Signal and Decoding an Audio Signal Using

Deterministic and Noise Like Information

Description

The present invention relates to encoders for encoding an audio signal, in particular a
speech related audio signal. The present invention also relates to decoders and methods
for decoding an encoded audio signal. The present invention further relates to encoded

audio signals and to an advanced speech unvoiced coding at low bitrates.

At low bitrate, speech coding can benefit from a special handling for the unvoiced frames
in order to maintain the speech quality while reducing the bitrate. Unvoiced frames can be
perceptually modeled as a random excitation which is shaped both in frequency and time
domain. As the waveform and the excitation looks and sounds almost the same as a
Gaussian white noise, its waveform coding can be relaxed and replaced by a synthetically
generated white noise. The coding will then consist of coding the time and frequency

domain shapes of the signal.

Fig. 16 shows a schematic block diagram of a parametric unvoiced coding scheme. A
synthesis filter 1202 is configured for modeling the vocal tract and is parameterized by
LPC (Linear Predictive Coding) parameters. From the derived LPC filter comprising a filter
function A(z) a perceptual weighted filter can be derived by weighting the LPC

coefficients. The perceptual filter fw(n) has usually a transfer function of the form:

A(z)

FfW(Z) - m

wherein w is lower than 1. The gain parameter g, is computed for getting a synthesized

energy matching the original energy in the perceptual domain according to:
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where sw(n) and nw(n) are the input signal and generated noise, respectively, filtered by
the perceptual filter fw(n). The gain g, is computed for each subframe of size Ls. For
example, an audio signal may be divided into frames with a length of 20 ms. Each frame
may be subdivided into subframes, for example, into four subframes, each comprising a

length of 5 ms.

Code excited linear prediction (CELP) coding scheme is widely used in speech
communications and is a very efficient way of coding speech. It gives a more natural
speech quality than parametric coding but it also requests higher rates. CELP synthesizes
an audio signal by conveying to a Linear Predictive filter, called LPC synthesis filter which
may comprise a form 1/A(z), the sum of two excitations. One excitation is coming from the
decoded past, which is called the adaptive codebook. The other contribution is coming
from an innovative codebook populated by fixed codes. However, at low bitrates the
innovative codebook is not enough populated for modeling efficiently the fine structure of
the speech or the noise-like excitation of the unvoiced. Therefore, the perceptual quality is

degraded, especially the unvoiced frames which sounds then crispy and unnatural.

For mitigating the coding artifacts at low bitrates, different solutions were already
proposed. In G.718[1] and in [2] the codes of the innovative codebook are adaptively and
spectrally shaped by enhancing the spectral regions corresponding to the formants of the
current frame. The formant positions and shapes can be deducted directly from the LPC
coefficients, coefficients already available at both encoder and decoder sides. The

formant enhancement of codes c(n) are done by a simple filtering according to:

c(n) = fe(n)

wherein * denotes the convolution operator and wherein fe(n) is the impulse response of

the filter of transfer function:

A(z/w1)

D=0

Where w1 and w2 are the two weighting constants emphasizing more or less the
formantic structure of the transfer function Ffe(z). The resulting shaped codes inherit a

characteristic of the speech signal and the synthesized signal sounds cleaner.
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In CELP it is also usual to add a spectral tilt to the decoder of the innovative codebook. It

is done by filtering the codes with the following filter:

The factor B is usually related to the voicing of the previous frame and depends, i.e., it
varies. The voicing can be estimated from the energy contribution from the adaptive
codebook. If the previous frame is voiced, it is expected that the current frame will also be
voiced and that the codes should have more energy in the low frequencies, i.e., should
show a negative tilt. On the contrary, the added spectral tilt will be positive for unvoiced

frames and more energy will be distributed towards high frequencies.

The use of spectral shaping for speech enhancement and noise reduction of the output of
the decoder is a usual practice. A so-called formant enhancement as post-filtering
consists of an adaptive post-filtering for which the coefficients are derived from the LPC
parameters of the decoder. The post-filter looks similar to the one (fe(n)) used for shaping
the innovative excitation in certain CELP coders as discussed above. However, in that
case, the post-filtering is only applied at the end of the decoder process and not at the

encoder side.

In conventional CELP (CELP = (Code)-book excited Linear Prediction), the frequency
shape is modeled by the LP (Linear Prediction) synthesis filter, while the time domain
shape can be approximated by the excitation gain sent to every subframe although the
Long-Term Prediction (LTP) and the innovative codebook are usually not suited for
modeling the noise-like excitation of the unvoiced frames. CELP needs a relatively high

bitrate for reaching a good quality of the speech unvoiced.

A voiced or unvoiced characterization may be related to segment speech into portions and
associated each of them to a different source model of speech. The source models as
they are used in CELP speech coding scheme rely on an adaptive harmonic excitation
simulating the air flow coming out the glottis and a resonant filter modeling the vocal tract
excited by the produced air flow. Such models may provide good results for phonemes
like vocals, but may result in incorrect modeling for speech portions that are not generated
by the glottis, in particular when the vocal chords are not vibrating such as unvoiced

phonemes “s” or "f.
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On the other hand, parametric speech coders are also called vocoders and adopt a single
source model for unvoiced frames. It can reach very low bitrates while achieving a so-
called synthetic quality being not as natural as the quality delivered by CELP coding

schemes at much higher rates.
Thus, there is a need for enhancing audio signals.

An object of the present invention is to increase sound quality at low bitrates and/or

reducing bitrates for good sound guality.

This object is achieved by an encoder, a decoder, an encoded audio signal and the

methods according to the independent claims.

The inventors found out that in a first aspect a quality of a decoded audio signal related to
an unvoiced frame of the audio signal, may be increased, i.e., enhanced, by determining a
speech related shaping information such that a gain parameter information for
amplification of signals may be derived from the speech related shaping information.
Furthermore a speech related shaping information may be used for spectrally shaping a
decoded signal. Frequency regions comprising a higher importance for speech, e.g., low

frequencies below 4 kHz, may thus be processed such that they comprise less errors.

The inventors further found out that in a second aspect by generating a first excitation
signal from a deterministic codebook for a frame or subframe (portion) of a synthesized
signal and by generating a second excitation signal from a noise-like signal for the frame
or subframe of the synthesized signal and by combining the first excitation signal and the
second excitation signal for generating a combined excitation signal a sound quality of the
synthesized signal may be increased, i.e., enhanced. Especially for portions of an audio
signal comprising a speech signal with background noise, the sound quality may be
improved by adding noise-like signals. A gain parameter for optionally amplifying the first
excitation signal may be determined at the encoder and an information related thereto

may be transmitted with the encoded audio signal.

Alternatively or in addition, the enhancement of the audio signal synthesized may be at

least partially exploited for reducing bitrates for encoding the audio signal.
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An encoder according to the first aspect comprises an analyzer configured for deriving
prediction coefficients and a residual signal from a frame of the audio signal. The encoder
further comprises a formant information calculator configured for calculating a speech
related spectral shaping information from the prediction coefficients. The encoder further
comprises a gain parameter calculator configured for calculating a gain parameter from an
unvoiced residual signal and the spectral shaping information and a bitstream former
configured for forming an output signal based on an information related to a voiced signal

frame, the gain parameter or a quantized gain parameter and the prediction coefficients.

Further embodiments of the first aspect provide an encoded audio signal comprising a
prediction coefficient information for a voiced frame and an unvoiced frame of the audio
signal, a further information related to the voiced signal frame and a gain parameter or a
quantized gain parameter for the unvoiced frame. This allows for efficiently transmitting
speech related information to enable a decoding of the encoded audio signal to obtain a

synthesized (restored) signal with a high audio quality.

Further embodiments of the first aspect provide a decoder for decoding a received signal
comprising prediction coefficients. The decoder comprises a formant information
calculator, a noise generator, a shaper and a synthesizer. The formant information
calculator is configured for calculating a speech related spectral shaping information from
the prediction coefficients. The noise generator is configured for generating a decoding
noise-like signal. The shaper is configured for shaping a spectrum of the decoding noise-
like signal or an amplified representation thereof using the spectral shaping information to
obtain a shaped decoding noise-like signal. The synthesizer is configured for synthesizing
a synthesized signal from the amplified shaped coding noise-like signal and the prediction

coefficients.

Further embodimenits of the first aspect relate to a method for encoding an audio signal, a

method for decoding a received audio signal and to a computer program.

Embodiments of the second aspect provide an encoder for encoding an audio signal. The
encoder comprises an analyzer configured for deriving prediction coefficients and a
residual signal from an unvoiced frame of the audio signal. The encoder further comprises
a gain parameter calculator configured for calculating a first gain parameter information for
defining a first excitation signal related to a deterministic codebook and for calculating a

second gain parameter information for defining a second excitation signal related to a
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noise-like signal for the unvoiced frame. The encoder further comprises a bitstream former
configured for forming an output signal based on an information related to a voiced signal

frame, the first gain parameter information and the second gain parameter information.

Further embodiments of the second aspect provide a decoder for decoding a received
audio signal comprising an information related to prediction coefficients. The decoder
comprises a first signal generator configured for generating a first excitation signal from a
deterministic codebook for a portion of a synthesized signal. The decoder further
comprises a second signal generator configured for generating a second excitation signal
from a noise-like signal for the portion of the synthesized signal. The decoder further
comprises a combiner and a synthesizer, wherein the combiner is configured for
combining the first excitation signal and the second excitation signal for generating a
combined excitation signal for the portion of the synthesized signal. The synthesizer is
configured for synthesizing the portion of the synthesized signal from the combined

excitation signal and the prediction coefficients.

Further embodiments of the second aspect provide an encoded audio signal comprising
an information related to prediction coefficients, an information related to a deterministic
codebook, an information related to a first gain parameter and a second gain parameter

and an information related to a voiced and unvoiced signal frame.

Further embodiments of the second aspect provide methods for encoding and decoding

an audio signal, a received audio signal respectively and to a computer program.

Subsequently, preferred embodiments of the present invention are described with respect

to the accompanying drawings, in which:

Fig. 1 shows a schematic block diagram of an encoder for encoding an audio signal

according to an embodiment of the first aspect;

Fig. 2 shows a schematic block diagram of a decoder for decoding a received input

signal according to an embodiment of the first aspect;

Fig. 3 shows a schematic block diagram of a further encoder for encoding the audio

signal according to an embodiment of the first aspect;
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shows a schematic block diagram of an encoder comprising a varied gain
parameter calculator when compared to Fig. 3 according to an embodiment of

the first aspect;

shows a schematic block diagram of a gain parameter calculator configured for
calculating a first gain parameter information and for shaping a code excited

signal according to an embodiment of the second aspect;

shows a schematic block diagram of an encoder for encoding the audio signal
and comprising the gain parameter calculator described in Fig. 5 according to

an embodiment of the second aspect;

shows a schematic block diagram of a gain parameter calculator that comprises
a further shaper configured for shaping a noise-like signal when compared to

Fig. 5 according to an embodiment of the second aspect;

shows a schematic block diagram of an unvoiced coding scheme for CELP

according to an embodiment of the second aspect;

shows a schematic block diagram of a parametric unvoiced coding according to

an embodiment of the first aspect;

shows a schematic block diagram of a decoder for decoding an encoded audio

signal according to an embodiment of the second aspect;

shows a schematic block diagram of a shaper implementing an alternative
structure when compared to a shaper shown in Fig. 2 according to an

embodiment of the first aspect;

shows a schematic block diagram of a further shaper implementing a further
alternative when compared to the shaper shown in Fig. 2 according to an

embodiment of the first aspect;

shows a schematic flowchart of a method for encoding an audio signal

according to an embodiment of the first aspect;



10

15

20

25

30

WO 2015/055532 PCT/EP2014/071769
8
Fig. 13 shows a schematic flowchart of a method for decoding a received audio signal
comprising prediction coefficients and a gain parameter, according to an

embodiment of the first aspect;

Fig. 14 shows a schematic flowchart of a method for encoding an audio signal

according to an embodiment of the second aspect; and

Fig. 15 shows a schematic flowchart of a method for decoding a received audio signal

according to an embodiment of the second aspect.

Equal or equivalent elements or elements with equal or equivalent functionality are
denoted in the following description by equal or equivalent reference numerals even if

occurring in different figures.

In the following description, a plurality of details is set forth to provide a more thorough
explanation of embodiments of the present invention. However, it will be apparent to 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.

In the following, reference will be made to modifying an audio signal. An audio signal may
be modified by amplifying and/or attenuating portions of the audio signal. A portion of the
audio signal may be, for example a sequence of the audio signal in the time domain
and/or a spectrum thereof in the frequency domain. With respect to the frequency domain,
the spectrum may be modified by amplifying or atter'xuaﬁng spectral values arranged in or
at frequencies or frequency ranges. Modification of the spectrum of the audio signal may
comprise a sequence of operations such as an amplification and/or attenuation of a first
frequency or frequency range and afterwards an amplification and/or an attenuation of a
second frequency or frequency range. The modifications in the frequency domain may be
represented as a calculation, e.g. a muiltiplication, division, summation or the like, of
spectral values and gain values and/or attenuation values. Modifications may be
performed sequentially such as first multiplying spectral values with a first multiplication
value and then with a second multiplication value. Multiplication with the second

multiplication value and then with the first multiplication value may allow for receiving an



10

15

20

25

30

35

WO 2015/055532 PCT/EP2014/071769

9
identical or almost identical result. Also, the first multiplication value and the second
multiplication value may first be combined and then applied in terms of a combined
multiplication value to the spectral values while receiving the same or a comparable result
of the operation. Thus, modification steps configured to form or modify a spectrum of the
audio signal described below are not limited to the described order but may also be

executed in a changed order whilst receiving the same result and/or effect.

Fig. 1 shows a schematic block diagram of an encoder 100 for encoding an audio signal
102. The encoder 100 comprises a frame builder 110 configured to generate a sequence
of frames 112 based on the audio signal 102. The sequence 112 comprises a plurality of
frames, wherein each frame of the audio signal 102 comprises a length (time duration) in
the time domain. For example, each frame may comprise a length of 10 ms, 20 ms or 30

ms.

The encoder 100 comprises an analyzer 120 configured for deriving prediction coefficients
(LPC = linear prediction coefficients) 122 and a residual signal 124 from a frame of the
audio signal. The frame builder 110 or the analyzer 120 is configured to determine a
representation of the audio signal 102 in the frequency domain. Alternatively, the audio

signal 102 may be a representation in the frequency domain already.

The prediction coefficients 122 may be, for example linear prediction coefficients.
Alternatively, also non-linear prediction may be applied such that the predictor 120 is
configured to determine non-linear prediction coefficients. An advantage of linear
prediction is given in a reduced computational effort for determining the prediction

coefficients.

The encoder 100 comprises a voiced/unvoiced decider 130 configured for determining, if
the residual signal 124 was determined from an unvoiced audio frame. The decider 130 is
configured for providing the residual signal to a voiced frame coder 140 if the residual
signal 124 was determined from a voiced signal frame and to provide the residual signal
to a gain parameter calculator 150, if the residual signal 124 was determined from an
unvoiced audio frame. For determining if the residual signal 122 was determined from a
voiced or an unvoiced signal frame, the decider 130 may use different approaches such
as an auto correlation of samples of the residual signal. A method for deciding whether a
signal frame was voiced or unvoiced is provided, for example in the ITU (international

telecommunication union) — T (telecommunication standardization sector) standard G.718.
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A high amount of energy arranged al low frequencies may indicate a voiced portion of the
signal. Alternatively, an unvoiced signal may result in high amounts of energy at high

frequencies.

The encoder 100 comprises a formant information calculator 160 configured for
calculating a speech related spectral shaping information from the prediction coefficients

122.

The speech related spectral shaping information may consider formant information, for
example, by determining frequencies or frequency ranges of the processed audio frame
that comprise a higher amount of energy than the neighborhood. The spectral shaping
information is able to segment the magnitude spectrum of the speech into formants, i.e.
bumps, and non-formants, i.e. valley, frequency regions. The formant regions of the
spectrum can be for example derived by using the Immittance Spectral Frequencies (ISF)
or Line Spectral Frequencies (LSF) representation of the prediction coefficients
122.Indeed the ISF or LSF represent the frequencies for which the synthesis filter using

the prediction coefficients 122 resonates.

The speech related spectral shaping information 162 and the unvoiced residuals are
forwarded to the gain parameter calculator 150 which is configured to calculate a gain
parameter g, from the unvoiced residual signal and the spectral shaping information 162.
The gain parameter g, may be a scalar value or a plurality thereof, i.e., the gain parameter
may comprise a plurality of values related to an amplification or attenuation of spectral
values in a plurality of frequency ranges of a spectrum of the signal to be amplified or
attenuated. A decoder may be configured to apply the gain parameter g, to information of
a received encoded audio signal such that portions of the received encoded audio signals
are amplified or attenuated based on the gain parameter during decoding. The gain
parameter calculator 150 may be configured to determine the gain parameter g, by one or
more mathematical expressions or determination rules resulting in a continuous value.
Operations performed digitally, for example, by means of a processor, expressing the
result in a variable with a limited number of bits, may result in a quantized gain g, .
Alternatively, the result may further be quantized according to quantization scheme such
that an quantized gain information is obtained. The encoder 100 may therefore comprise a
quantizer 170. The quantizer 170 may be configured to quantize the determined gain g, to
a nearest digital value supported by digital operations of the encoder 100. Alternatively,
the quantizer 170 may be configured to apply a quantization function (linear or non-linear)

to an already digitalized and therefore quantized fain factor g,. A non-linear quantization
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function may consider, for example, logarithmic dependencies of human hearing highly

sensitive at low sound pressure levels and less sensitive at high pressure levels.

The encoder 100 further comprises an information deriving unit 180 configured for
deriving a prediction coefficient related information 182 from the prediction coefficients
122. Prediction coefficients such as linear prediction coefficients used for exciting
innovative codebooks comprise a low robustness against distortions or errors. Therefore,
for example, it is known to convert linear prediction coefficients to inter-spectral
frequencies (ISF) and/or to derive line-spectral pairs (LSP) and to transmit an information
related thereto with the encoded audio signal. LSP and/or ISF information comprises a
higher robustness against distortions in the transmission media, for example error, or
calculator errors. The information deriving unit 180 may further comprise a quantizer

configured to provide a quantized information with respect to the LSF and/or the ISP.

Alternatively, the information deriving unit may be configured to forward the prediction
coefficients 122. Alternatively, the encoder 100 may be realized without the information
deriving unit 180. Alternatively, the quantizer may be a functional block of the gain
parameter calculator 150 or of the bitstream former 190 such that the bitstream former
190 is configured to receive the gain parameter g, and to derive the quantized gain g,
based thereon. Alternatively, when the gain parameter g, is already quantized, the

encoder 100 may be realized without the quantizer 170.

The encoder 100 comprises a bitstream former 190 configured to receive a voiced signal |
a voiced information 142 related to a voiced frame of an encoded audio signal
respectively provided by the voiced frame coder 140, to receive the quantized gain g,
and the prediction coefficients related information 182 and to form an output signal 192

based thereon.

The encoder 100 may be part of a voice encoding apparatus such as a stationary or
mobile telephone or an apparatus comprising a microphone for transmission of audio
signals such as a computer, a tablet PC or the like. The output signal 192 or a signal
derived thereof may be transmitted, for example via mobile communications (wireless) or

via wired communications such as a network signal.

An advantage of the encoder 100 is that the output signal 192 comprises information
derived from a spectral shaping information converted to the quantized gain g, .

Therefore, decoding of the oulput signal 192 may allow for achieving or obtaining further

information that is speech related and therefore to decode the signal such that the
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obtained decoded signal comprises a high quality with respect to a perceived level of a

quality of speech.

Fig. 2 shows a schematic block diagram of a decoder 200 for decoding a received input
signal 202. The received input signal 202 may correspond, for example to the output
signal 192 provided by the encoder 100, wherein the output signal 192 may be encoded
by high level layer encoders, transmitted through a media, received by a receiving
apparatus decoded at high layers, yielding in the input signal 202 for the decoder 200.

The decoder 200 comprises a bitstream deformer (demultiplexer; DE-MUX) for receiving
the input signal 202. The bitstream deformer 210 is configured to provide the prediction
coefficients 122, the quantized gain g, and the voiced information 142. For obtaining the
prediction coefficients 122, the bitstream deformer may comprise an inverse information
deriving unit performing an inverse operation when compared to the information deriving
unit 180. Alternatively, the decoder 200 may comprise a not shown inverse information
deriving unit configured for executing the inverse operation with respect to the information

deriving unit 180. In other words, the prediction coefficients are decoded i.e., restored.

The decoder 200 comprises a formant information calculator 220 configured for
calculating a speech related spectral shaping information from the prediction coefficients
122 as it was described for the formant information calculator 160. The formant
information calculator 220 is configured to provide speech related spectral shaping
information 222. Alternatively, the input signal 202 may also comprise the speech related
spectral shaping information 222, wherein transmission of the prediction coefficients or
information related thereto such as, for example quantized LSF and/or ISF instead of the
speech related spectral shaping information 222 allows for a lower bitrate of the input

signal 202.

The decoder 200 comprises a random noise generator 240 configured for generating a
noise-like signal, which may simplified be denoted as noise signal. The random noise
generator 240 may be configured to reproduce a noise signal that was obtained, for
example when measuring and storing a noise signal. A noise signal may be measured
and recorded, for example, by generating thermal noise at a resistance or another
electrical component and by storing recorded data on a memory. The random noise

generator 240 is configured to provide the noise(-like) signal n(n).

The decoder 200 comprises a shaper 250 comprising a shaping processor 252 and a

variable amplifier 254. The shaper 250 is configured for spectrally shaping a spectrum of
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the noise signal n(n). The shaping processor 252 is configured for receiving the speech
related spectral shaping information and for shaping the spectrum of the noise signal n(n),
for example by multiplying spectral values of the spectrum of the noise signal n(n) and
values of the spectral shaping information. The operation can also be performed in the
time domain by a convoluting the noise signal n(n) with a filter given by the spectral
shaping information. The shaping processor 252 is configured for providing a shaped
noise signal 256, a spectrum thereof respectively to the variable amplifier 254. The
variable amplifier 254 is configured for receiving the gain parameter g, and for amplifying
the spectrum of the shaped noise signal 256 to obtain an amplified shaped noise signal
258. The amplifier may be configured to multiply the spectral values of the shaped noise
signal 256 with values of the gain parameter g,. As stated above, the shaper 250 may be
implemented such that the variable amplifier 254 is configured to receive the noise signal
n(n) and to provide an amplified noise signal to the shaping processor 252 configured for
shaping the amplified noise signal. Alternatively, the shaping processor 252 may be
configured to receive the speech related spectral shaping information 222 and the gain
parameter g, and to apply sequentially, one after the other, both information to the noise
signal n(n) or to combine both information, e.g., by multiplication or other calculations and

to apply a combined parameter to the noise signal n(n).

The noise-like signal n(n) or the amplified version thereof shaped with the speech related
spectral shaping information allows for the decoded audio signal 282 comprising a more
speech related (natural) sound quality. This allows for obtaining high quality audio signals
and/or to reduce bitrates at encoder side while maintaining or enhancing the output signal

282 at the decoder with a reduced extent.

The decoder 200 comprises a synthesizer 260 configured for receiving the prediction
coefficients 122 and the amplified shaped noise signal 258 and for synthesizing a
synthesized signal 262 from the amplified shaped noise-like signal 258 and the prediction
coefficients 122. The synthesizer 260 may comprise a filter and may be configured for
adapting the filter with the prediction coefficients. The synthesizer may be configured to
filter the amplified shaped noise-like signal 258 with the filter. The filter may be
implemented as software or as a hardware structure and may comprise an infinite impulse

response (lIR) or a finite impulse response (FIR) structure.

The synthesized signal corresponds to an unvoiced decoded frame of an output signal
282 of the decoder 200. The output signal 282 comprises a sequence of frames that may

be converted to a continuous audio signal.
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The bitstream deformer 210 is configured for separating and providing the voiced
information signal 142 from the input signal 202. The decoder 200 comprises a voiced
frame decoder 270 configured for providing a voiced frame based on the voiced
information 142. The voiced frame decoder (voiced frame processor) is configured to
determine a voiced signal 272 based on the voiced information 142. The voiced signal
272 may correspond to the voiced audio frame and/or the voiced residual of the decoder
100.

The decoder 200 comprises a combiner 280 configured for combining the unvoiced

decoded frame 262 and the voiced frame 272 to obtain the decoded audio signal 282.

Alternatively, the shaper 250 may be realized without an amplifier such that the shaper
250 is configured for shaping the spectrum of the noise-like signal n(n) without further
amplifying the obtained signal. This may allow for a reduced amount of information
transmitted by the input signal 222 and therefore for a reduced bitrate or a shorter
duration of a sequence of the input signal 202. Alternatively, or in addition, the decoder
200 may be configured to only decode unvoiced frames or to process voiced and
unvoiced frames both by spectrally shaping the noise signal n(n) and by synthesizing the
synthesized signal 262 for voiced and unvoiced frames. This may allow for implementing
the decoder 200 without the voiced frame decoder 270 and/or without a combiner 280 and

thus lead to a reduced complexity of the decoder 200.

The output signal 192 and/or the input signal 202 comprise information related to the
prediction coefficients 122, an information for a voiced frame and an unvoiced frame such
as a flag indicating if the processed frame is voiced or unvoiced and further information
related to the voiced signal frame such as a coded voiced signal. The output signal 192
and/or the input signal 202 comprise further a gain parameter or a quantized gain

parameter for the unvoiced frame such that the unvoiced frame may be decoded based
on the prediction coefficients 122 and the gain parameter g,,, g, , respectively.

Fig. 3 shows a schematic block diagram of an encoder 300 for encoding the audio signal
102. The encoder 300 comprises the frame builder 110, a predictor 320 configured for
determining linear prediction coefficients 322 and a residual signal 324 by applying a filter
A(z) 1o the sequence of frames 112 provided by the frame builder 110. The encoder 300
comprises the decider 130 and the voiced frame coder 140 to obtain the voiced signal
information 142. The encoder 300 further comprises the formant information calculator

160 and a gain parameter calculator 350.
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The gain parameter calculator 350 is configured for providing a gain parameter g, as it
was described above. The gain parameter calculator 350 comprises a random noise
generator 350a for generating an encoding noise-like signal 350b. The gain calculator 350
further comprises a shaper 350c having a shaping processor 350d and a variable
amplifier 350e. The shaping processor 350d is configured for receiving the speech related
shaping information 162 and the noise-like signal 350b, and to shape a spectrum of the
noise-like signal 350b with the speech related spectral shaping information 162 as it was
described for the shaper 250. The variable amplifier 350e is configured for amplifying a
shaped noise-like signal 350f with a gain parameter g.,(temp) which is a temporary gain
parameter received from a controller 350k. The variable amplifier 350e is further
configured for providing an amplified shaped noise-like signal 350g as it was described for
the amplified noise-like signal 258. As it was described for the shaper 250, an order of
shaping and amplifying the noise-like signal may be combined or changed when

compared to Fig. 3.

The gain parameter calculator 350 comprises a comparer 350h configured for comparing
the unvoiced residual provided by the decider 130 and the amplified shaped noise-like
signal 350g. The comparer is configured to obtain a measure for a likeness of the
unvoiced residual and the amplified shaped noise-like signal 350g. For example, the
comparer 350h may be configured for determining a cross-correlation of both signals.
Alternatively, or in addition, the comparer 350h may be configured for comparing spectral
values of both signals at some or all frequency bins. The comparer 350h is further

configured to obtain a comparison result 350i.

The gain parameter calculator 350 comprises the controller 350k configured for
determining the gain parameter g,(temp) based on the comparison result 350i. For
example, when the comparison result 350i indicates that the amplified shaped noise-like
signal comprises an amplitude or magnitude that is lower than a corresponding amplitude
or magnitude of the unvoiced residual, the controller may be configured to increase one or
more values of the gain parameter g,(temp) for some or all of the frequencies of the
amplified noise-like signal 350g. Alternatively, or in addition, the controller may be
configured to reduce one or more values of the gain parameter g.(temp) when the
comparison result 350i indicates that the amplified shaped noise-like signal comprises a
too high magnitude or amplitude, i.e., that the amplified shaped noise-like signal is too
loud. The random noise generator 350a, the shaper 350c, the comparer 350h and the
controller 350k may be configured to implement a closed-loop optimization for determining
the gain parameter g,(temp). When the measure for the likeness of the unvoiced residual

to the amplified shaped noise-like signal 350g, for example, expressed as a difference



10

15

20

25

30

WO 2015/055532 PCT/EP2014/071769
16

between both signals, indicates that the likeness is above a threshold value, the controller

350k is configured to provide the determined gain parameter g,. A quantizer 370 is
configured to quantize the gain parameter g, to obtain the quantized gain parameter g, -

The random noise generator 350a may be configured to deliver a Gaussian-like noise.
The random noise generator 350a may be configured for running (calling) a random
generator with a number of n uniform distributions between a lower limit (minimum value)
such as -1 and an upper limit (maximum value), such as +1. For example, the random
noise generator 350 is configured for calling three times the random generator. As digitally
implemented random noise generators may output pseudo-random values an addition or
superimposing of a plurality or a multitude of pseudo-random functions may allow for
obtaining a sufficiently random-distributed function. This procedure follows the Central
Limit Theorem. The random noise generator 350a ma be configured to call the random

generator at least two, three or more times as indicated by the following pseudo-code:

for(i=0;i<Ls;i++){
nfil=uniform_random();
nli]+=uniform_random();
nlij+=uniform_random();

}

Alternatively, the random noise generator 350a may generate the noise-like signal from a
memory as it was described for the random noise generator 240. Alternatively, the
random noise generator 350a may comprise, for example, an electrical resistance or other
means for generating a noise signal by executing a code or by measuring physical effects

such as thermal noise.

The shaping processor 350b may be configured to add a formantic structure and a tilt to
the noise-like signals 350b by filtering the noise-like signal 350b with fe(n) as stated
above. The tilt may be added by filtering the signal with a filter t(n) comprising a transfer

function based on:
Ft(z) =1- Bz

wherein the factor 3 may be deduced from the voicing of the previous subframe:

energy(contibution of AC) — energy(contibution of 1()
energy( sum of contributions)

voicing =
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wherein AC is an abbreviation for adaptive codebook and IC is an abbreviation for

innovative codebook.
f = 0.25- (1 + voicing)

The gain parameter g, the quantized gain parameter g, respectively allows for providing

an additional information that may reduce an error or a mismatch between the encoded
signal and the corresponding decoded signal, decoded at a decoder such as the decoder
200.

With respect to the determination rule

Ffe(z) = =20
A(z /w2)

the parameter w1 may comprise a positive non-zero value of at most 1.0, preferably of at

least 0.7 and at most 0.8 and more preferably comprise a value of 0.75. The parameter

w2 may comprise a positive non-zero scalar value of at most 1.0, preferably of at least 0.8

and at most 0.93 and more preferably comprise a value of 0.9. The parameter w2 is

preferably greater than w1.

Fig. 4 shows a schematic block diagram of an encoder 400. The encoder 400 is
configured to provide the voiced signal information 142 as it was described for the
encoders 100 and 300. When compared to the encoder 300, the encoder 400 comprises a
varied gain parameter calculator 350'. A comparer 350h' is configured to compare the
audio frame 112 and a synthesized signal 350I' to obtain a comparison result 3507". The
gain parameter calculator 350" comprises a synthesizer 350m’ configured for synthesizing
the synthesized signal 3501 based on the amplified shaped noise-like signal 350g and the

prediction coefficients 122.

Basically, the gain parameter calculator 350" implements at least partially a decoder by
synthesizing the synthesized signal 3501'. When compared to the encoder 300 comprising
the comparer 350h configured for comparing the unvoiced residual and the amplified
shaped noise-like signal, the encoder 400 comprises the comparer 350h', which is
configured to compare the (probably complete) audio frame and the synthesized signal.
This may allow for a higher precision as the frames of the signal and not only parameters

thereof are compared to each other. The higher precision may require an increased
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computational effort as the audio frame 122 and the synthesized signal 350 may
comprise a higher complexity when compared to the residual signal and to the amplified
shaped noise-like information such that comparing both signals is also more complex. In
addition, synthesis has to be calculated requiring computational efforts by the synthesizer
350m’.

The gain parameter calculator 350" comprises a memory 350n’ configured for recording
an encoding information comprising the encoding gain parameter g, or a quantized
version g, thereof. This allows the controller 350k to obtain the stored gain value when
processing a subsequent audio frame. For example, the controller may be configured to
determine a first (set of) value(s), i.e., a first instance of the gain factor g,(temp) based or

equal to the value of g, for the previous audio frame.

Fig. 5 shows a schematic block diagram of a gain parameter calculator 550 configured for
calculating a first gain parameter information g,, according to the second aspect. The gain
parameter calculator 550 comprises a signal generator 550a configured for generating an
excitation signal c¢(n. The signal generator 550a comprises a deterministic codebook and
an index within the codebook to generate the signal ¢(n). l.e., an input information such as
the prediction coefficients 122 results in a deterministic excitation signal ¢(n). The signal
generator 550a may be configured to generate the excitation signal ¢(n) according to an
innovative codebook of a CELP coding scheme. The codebook may be determined or
trained according to measured speech data in previous calibration steps. The gain
parameter calculator comprises a shaper 550b configured for shaping a spectrum of the
code signal ¢(n) based on a speech related shaping information 550c for the code signal
c(n). The speech related shaping information 550c may be obtained from the formant
information controller 160. The shaper 550b comprises a shaping processor 550d
configured for receiving the shaping information 550c for shaping the code signal. The
shaper 550b further comprises a variable amplifier 550e configured for amplifying the
shaped code signal c(n) to obtain an amplified shaped code signal 550f. Thus, the code
gain parameter is configured for defining the code signal c¢(n) which is related to a

deterministic codebook.

The gain parameter calculator 550 comprises the noise generator 350a configured for
providing the noise(-like) signal n(n) and an amplifier 550g configured for amplifying the
noise signal n(n) based on the noise gain parameter g, to obtain an amplified noise signal
550h. The gain parameter calculator comprises a combiner 550i configured for combining
the amplified shaped code signal 550f and the amplified noise signal 550h to obtain a

combined excitation signal 550k. The combiner 550i may be configured, for example, for
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spectrally adding or multiplying spectral values of the amplified shaped code signal and
the amplified noise signal 550f and 550h. Alternatively, the combiner 550i may be
configured to convolute both signals 550f and 550h.

As described above for the shaper 350c, the shaper 550b may be implemented such that
first the code signal c(n) is amplified by the variable amplifier 550e and afterwards shaped
by the shaping processor 550d. Alternatively, the shaping information 550c¢ for the code
signal ¢(n) may be combined with the code gain parameter information g. such that a

combined information is applied to the code signal c(n).

The gain parameter calculator 550 comprises a comparer 5501 configured for comparing
the combined excitation signal 550k and the unvoiced residual signal obtained for the
voiced/unvoiced decider 130. The comparer 5501 may be the comparer 550h and is
configured for providing a comparison result, i.e., a measure 550m for a likeness of the
combined excitation signal 550k and the unvoiced residual signal. The code gain
calculator comprises a controller 550n configured for controlling the code gain parameter
information g, and the noise gain parameter information g,. The code gain parameter g,
and the noise gain parameter information g, may comprise a plurality or a multitude of
scalar or imaginary values that may be related to a frequency range of the noise signal
n(n) or a signal derived thereof or to a spectrum of the code signal c(n) or a signal derived

thereof.

Alternatively, the gain parameter calculator 550 may be implemented without the shaping
processor 550d. Alternatively, the shaping processor 550d may be configured to shape
the noise signal n(n) and to provide a shaped noise signal to the variable amplifier 550g.

Thus, by controlling both gain parameter information g. and g, a likeness of the combined
excitation signal 550k when compared to the unvoiced residual may be increased such
that a decoder receiving information to the code gain parameter information g. and the
noise gain parameter information g, may reproduce an audio signal which comprises a
good sound quality. The controller 550n is configured to provide an oufput signal 5500
comprising information related to the code gain parameter information g. and the noise
gain parameter information g, For example, the signal 5500 may comprise both gain
parameter information g, and g, as scalar or quantized values or as values derived

thereof, for example, coded values.

Fig. 6 shows a schematic block diagram of an encoder 600 for encoding the audio signal

102 and comprising the gain parameter calculator 550 described in Fig. 5. The encoder
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600 may be obtained, for example by modifying the encoder 100 or 300. The encoder 600
comprises a first quantizer 170-1 and a second quantizer 170-2. The first quantizer 170-1
is configured for quantizing the gain parameter information g. for obtaining a quantized
gain parameter information g_.. The second quantizer 170-2 is configured for quantizing

the noise gain parameter information g, for obtaining a quantized noise gain parameter
information g, . A bitstream former 690 is configured for generating an output signal 692
comprising the voiced signal information 142, the LPC related information 122 and both
quantized gain parameter information g_and g, . When compared to the output signal

192, the output signal 692 is extended or upgraded by the quantized gain parameter
information g, . Alternatively, the quantizer 170-1 and/or 170-2 may be a part of the gain

parameter calculator 550. Further one of the quantizers 170-1 and/or 170-2 may be
configured to obtain both quantized gain parameters g and g, .

Alternatively, the encoder 600 may be configured to comprise one quantizer configured for
quantizing the code gain parameter information g, and the noise gain parameter g, for
obtaining the quantized parameter information g and g,. Both gain parameter

information may be quantized, for example, sequentially.

The formant information calculator 160 is configured to calculate the speech related

spectral shaping information 550c¢ from the prediction coefficients 122.

Fig. 7 shows a schematic block diagram of a gain parameter calculator 550’ that is
modified when compared to the gain parameter calculator 550. The gain parameter
calculator 550" comprises the shaper 350 described in Fig. 3 instead of the amplifier 550g.
The shaper 350 is configured to provide the amplified shaped noise signal 350g. The
combiner 550i is configured to combine the amplified shaped code signal 550f and the
amplified shaped noise signal 350g to provide a combined excitation signal 550k’. The
formant information calculator 160 is configured to provide both speech related formant
information 162 and 550c. The speech related formant information 550c and 162 may be
equal. Alternatively, both information 550c and 162 may differ from each other. This

allows for a separate modeling, i.e., shaping of the code generated signal c(n) and n(n).

The controller 550n may be configured for determining the gain parameter information g,
and g, for each subframe of a processed audio frame. The controller may be configured to
determine, i.e., to calculate, the gain parameter information g, and g, based on the details

set forth below.
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First, the average energy of the subframe may be computed on the original short-term
prediction residual signal available during the LPC analysis, i.e., on the unvoiced residual
signal. The energy is averaged over the four subframes of the current frame in the

logarithmic domain by:

3 Lsf—1

10 © res?(L- Lsf +n)

nrg = ) logil ) )
=0 n=0

Wherein Lsf is the size of a subframe in samples. In this case, the frame is divided in 4
subframes. The averaged energy may then be coded on a number of bits, for example,
three, four or five, by using a stochastic codebook previously trained. The stochastic
codebook may comprise a number of eniries (size) according to a number of different
values that may be represented by the number of bits, e.g. a size of 8 for a number of 3
bits, a size of 16 for a number of 4 bits or a number of 32 for a number of 5 bits. A
quantized gain 1nry may be determined from the selected codeword of the codebook. For
each subframe the two gain information g. and g, are computed. The gain of code g, may
be computed, for example based on:

EQ;’Z,“ Lxw(n) - ew(n)

e = gL/

s

ewln) ~cw(n)

where cw(n) is, for example, the fixed innovation selected from the fixed codebook
comprised by the signal generator 550a filtered by the perceptual weighted filter. The
expression xw(n) corresponds to the conventional perceptual target excitation computed
in CELP encoders. The code gain information g. may then be normalized for obtaining a

normalized gain g, based on:

Enle e em
Lsf + 10779/20

gﬂ{.‘ = g(?‘

The normalized gain g.. may be quantized, for example by the quantizer 170-1.
Quantization may be performed according to a linear or logarithmic scale. A logarithmic
scale may comprise a scale of size of 4, 5 or more bits. For example, the logarithmic scale

comprises a size of 5 bits. Quantization may be performed based on:

Index,,. = {20 * l0g,o((gne + 20)/1.25) + 0.5]
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wherein Index,. may be limited between 0 and 31, if the logarithmic scale comprises 5

bits. The Index,. may be the quantized gain parameter information. The quantized gain of
code g_may then be expressed based on:

as = 1010(indexnc.1.25-20)/20)
[

Pria EOREG]

The gain of code may be computed in order to minimize the mean squared root error or

mean squared error (MSE)

Lsf-1

57 Z (ew(n) — g, - cw(n))>

wherein Lsf corresponds to line spectral frequencies determined from the prediction

coefficients 122.

The noise gain parameter information may be determined in terms of energy mismatch by

minimizing an error based on

Lsf—1 Lsf—1

~£7 ; k-xw?(n) — ; (@7 - ew(n) + g ,nw(n))?

The variable k is an atienuation factor that may be varied dependent or based on the
prediction coefficients, wherein the prediction coefficients may allow for determining if
speech comprises a low portion of background noise or even no background noise (clean
speech). Alternatively, the signal may also be determined as being a noisy speech, for
example when the audio signal or a frame thereof comprises changes between unvoiced
and non-unvoiced frames. The variable k may be set {o a value of at least 0.85, of at least
0.95 or even to a value of 1 for clean speech, where high dynamic of energy is
perceptually important. The variable kK may be set to a value of at least 0.6 and at most
0.9, preferably to a value of at least 0.7 and at most 0.85 and more preferably to a value
of 0.8 for noisy speech where the noise excitation is made more conservative for avoiding

fluctuation in the output energy between unvoiced and non-unvoiced frames. The error
(energy mismatch) may be computed for each of these quantized gain candidates g_. A

frame divided into four subframes may result in four quantized gain candidates g_. The

one candidate which minimizes the error may be output by the controller. The quantized

gain of noise (noise gain parameter information) may be computed based on:
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D AOREQ)
ST fnn) n(n)

bonsh 71 2 ()

Gn = (index, - 0.25 + 0.25) - g; -

wherein Index, is limited between 0 and 3 according to the four candidates. A resulting
combined excitation signal, such as the excitation signal 550k or 550k’ may be obtained

based on:
e(n) =ge-c(n) + gn - n(n)
wherein e(n) is the combined excitation signal 550k or 550k .

An encoder 600 or a modified encoder 600 comprising the gain parameter calculator 550
or 550" may allow for an unvoiced coding based on a CELP coding scheme. The CELP
coding scheme may be modified based on the following exemplary details for handling

unvoiced frames:

e LTP parameters are not transmitted as there is almost no periodicity in unvoiced
frames and the resulting coding gain is very low. The adaptive excitation is set to
zero.

» The saving bits are reported to the fixed codebook. More pulses can be coded for
the same bit-rate, and quality can be then improved.

* Atlow rates, i.e. for rates between 6 and 12 kbps, the pulse coding is not sufficient
for modeling properly the noise-like target excitation of unvoiced frame. A
Gaussian codebook is added to the fixed codebook for building the final excitation.

Fig. 8 shows a schematic block diagram of an unvoiced coding scheme for CELP
according to the second aspect. A modified controller 810 comprises both functions of the
comparer 5501 and the controller 550n. The controller 810 is configured for determining
the code gain parameter information g. and the noise gain parameter information g, based
on analysis by synthesis, i.e. by comparing a synthesized signal with the input signal
indicated as s(n) which is, for example, the unvoiced residual. The controller 810
comprises an analysis-by-synthesis filter 820 configured for generating an excitation for
the signal generator (innovative excitation) 550a and for providing the gain parameter
information g. and g,. The analysis-by-synthesis block 810 is configured to compare the
combined excitation signal 550k’ by a signal internally synthesized by adapting a filter in

accordance with the provided parameters and information.
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The controller 810 comprises an analysis block configured for obtaining prediction
coefficients as it is described for the analyzer 320 to obtain the prediction coefficients 122.
The controller further comprises a synthesis filter 840 for filtering the combined excitation
signal 550k with the synthesis filter 840, wherein the synthesis filter 840 is adapted by the
filter coefficients 122. A further comparer may be configured to compare the input signal
s{n) and the synthesized signal §(n), e.g., the decoded (restored) audio signal. Further,
the memory 350 n is arranged, wherein the controller 810 is configured to store the
predicted signal and/or the predicted coefficients in the memory. A signal generator 850 is
configured to provide an adaptive excitation signal based on the stored predictions in the
memory 350n allowing for enhancing adaptive excitation based on a former combined

excitation signal.

Fig. 9 shows a schematic block diagram of a parametric unvoiced coding according to the
first aspect. The amplified shaped noise signal may be an input signal of a synthesis filter
910 that is adapted by the determined filter coefficients (prediction coefficients) 122. A
synthesized signal 912 output by the synthesis filter may be compared to the input signal
s(n) which may be, for example the audio signal. The synthesized signal 912 comprises
an error when compared to the input signal s(n). By modifying the noise gain parameter g,
by the analysis block 920 which may correspond to the gain parameter calculator 150 or
350, the error may be reduced or minimized. By storing the amplified shaped noise signal
350f in the memory 350n, an update of the adaptive codebook may be performed, such
that processing of voiced audio frames may also be enhanced based on the improved

coding of the unvoiced audio frame.

Fig. 10 shows a schematic block diagram of a decoder 1000 for decoding an encoded
audio signal, for example, the enceded audio signal 692. The decoder 1000 comprises a
signal generator 1010 and a noise generator 1020 configured for generating a noise-like
signal 1022. The received signal 1002 comprises LPC related information, wherein a
bitstream deformer 1040 is configured to provide the prediction coefficients 122 based on
the prediction coefficient related information. For example, the decoder 1040 is configured
to extract the prediction coefficients 122. The signal generator 1010 is configured to
generate a code excited excitation signal 1012 as it is described for the signal generator
558. A combiner 1050 of the decoder 1000 is configured for combining the code excited
signal 1012 and the noise-like signal 1022 as it is described for the combiner 550 to obtain
a combined excitation signal 1052. The decoder 1000 comprises a synthesizer 1060
having a filter for being adapted with the prediction coefficients 122, wherein the
synthesizer is configured for filtering the combined excitation signal 1052 with the adapted

filter to obtain an unvoiced decoded frame 1062. The decoder 1000 also comprises the
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combiner 284 combining the unvoiced decoded frame and the voiced frame 272 to obtain
the audio signal sequence 282, When compared to the decoder 200, the decoder 1000
comprises a second signal generator configured to provide the code excited excitation
signal 1012. The noise-like excitation signal 1022 may be, for example, the noise-like

signal n{n) depicted in Fig. 2.

The audio signal sequence 282 may comprise a good quality and a high likeness when

compared o an encoded input signal.

Further embodiments provide decoders enhancing the decoder 1000 by shaping and/or
amplifying the code-generated (code excited) excitation signal 1012 and/or the noise-like
signal 1022. Thus, the decoder 1000 may comprise a shaping processor and/or a variable
amplifier arranged between the signal generator 1010 and the combiner 1050, between
the noise generator 1020 and the combiner 1050, respectively. The input signal 1002 may
comprise information related to the code gain parameter information g. and/or the noise
gain parameter information, wherein the decoder may be configured to adapt an amplifier
for amplifying the code generated excitation signal 1012 or a shaped version thereof by
using the code gain parameter information g.. Alternatively, or in addition, the decoder
1000 may be configured to adapt, i.e., to control an amplifier for amplifying the noise-like
signal 1022 or a shaped version thereof with an amplifier by using the noise gain

parameter information.

Alternatively, the decoder 1000 may comprise a shaper 1070 configured for shaping the
code excited excitation signal 1012 and/or a shaper 1080 configured for shaping the
noise-like signal 1022 as indicated by the dotted lines. The shapers 1070 and/or 1080
may receive the gain parameters g, and/or g, and/or speech related shaping information.
The shapers 1070 and/or 1080 may be formed as described for the above described
shapers 250, 350c¢ and/or 550b.

The decoder 1000 may comprise a formantic information calculator 1090 to provide a
speech related shaping information 1092 for the shapers 1070 and/or 1080 as it was
described for the formant information calculator 160. The formant information calculator
1090 ma be configured to provide different speech related shaping information (1092a;
1092b) to the shapers 1070 and/or 1080.

Fig. 11a shows a schematic block diagram of a shaper 250° implementing an alternative
structure when compared to the shaper 250. The shaper 250" comprises a combiner 257

for combining the shaping information 222 and the noise-related gain parameter g, to
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obtain a combined information 259. A modified shaping processor 252" is configured to
shape the noise-like signal n(n) by using the combined information 259 to obtain the
amplified shaped noise-like signal 258. As both, the shaping information 222 and the gain
parameter g, may be interpreted as multiplication factors, both multiplication factors may
be multiplied by using the combiner 257 and then applied in combined form to the noise-

like signal n{n).

Fig. 11b shows a schematic block diagram of a shaper 250" implementing a further
alternative when compared to the shaper 250. When compared to the shaper 250, first the
variable amplifier 254 is arranged and configured to generate an amplified noise-like
signal by amplifying the noise-like signal n{n) using the gain parameter g,. The shaping
processor 252 is configured to shape the amplified signal using the shaping information

222 to obtain the amplified shape signal 258.

Although Figs. 11a and 11b relate to the shaper 250 depicting alternative
implementations, above descriptions also apply to shapers 350c¢, 550b, 1070 and/or 1080.

Fig. 12 shows a schematic flowchart of a method 1200 for encoding an audio signal
according to the first aspect. The method 1210 comprising deriving prediction coefficients
and a residual signal from an audio signal frame. The method 1200 comprises a step
1230 in which a gain parameter is calculated from an unvoiced residual signal and the
spectral shaping information and a step 1240 in which an output signal is formed based
on an information related to a voiced signal frame, the gain parameter or a quantized gain

parameter and the prediction coefficients.

Fig. 13 shows a schematic flowchart of a method 1300 for decoding a received audio
signal comprising prediction coefficients and a gain parameter, according to the first
aspect. The method 1300 comprises a step 1310 in which a speech related spectral
shaping information is calculated from the prediction coefficients. In a step 1320 a
decoding noise-like signal is generated. In a step 1330 a spectrum of the decoding noise-
like signal or an amplified representation thereof is shaped using the spectral shaping
information to obtain a shape decoding noise-like signal. In a step 1340 of method 1300 a
synthesized signal is synthesized from the amplified shaped encoding noise-like signal

and the prediction coefficients.

Fig. 14 shows a schematic flowchart of a method 1400 for encoding an audio signal
according to the second aspect. The method 1400 comprises a step 1410 in which

prediction coefficients and a residual signal are derived from an unvoiced frame of the



10

15

20

25

30

35

WO 2015/055532 PCT/EP2014/071769
27

audio signal. In a step 1420 of method 1400 a first gain parameter information for defining
a first excitation signal related to a deterministic codebook and a second gain parameter
information for defining a second excitation signal related to a noise-like signal are

calculated for the unvoiced frame.

In a step 1430 of method 1400 an output signal is formed based on an information related
to a voiced signal frame, the first gain parameter information and the second gain

parameter information.

Fig. 15 shows a schematic flowchart of a method 1500 for decoding a received audio
signal according to the second aspect. The received audio signal comprises an
information related to prediction coefficients. The method 1500 comprises a step 1510 in
which a first excitation signal is generated from a deterministic codebook for a portion of a
synthesized signal. In a step 1520 of method 1500 a second excitation signal is generated
from a noise-like signal for the portion of the synthesized signal. In a step 1530 of method
1000 the first excitation signal and the second excitation signal are combined for
generating a combined excitation signal for the portion of the synthesized signal. In a step
1540 of method 1500 the portion of the synthesized signal is synthesized from the

combined excitation signal and the prediction coefficients.

In other words, aspects of the present invention propose a new way of coding the
unvoiced frames by means of shaping a randomly generated Gaussian noise and shaped
it spectrally by adding to it a formantic structure and a spectral tilt. The spectral shaping is
done in the excitation domain before exciting the synthesis filter. As a consequence, the
shaped excitation will be updated in the memory of the long-term prediction for generating

subsequent adaptive codebooks.

The subsequent frames, which are not unvoiced, will also benefit from the spectral
shaping. Unlike the formant enhancement in the post-filtering, the proposed noise shaping

is performed at both encoder and decoder sides.

Such an excitation can be used directly in a parametric coding scheme for targeting very
low bitrates. However, we propose also 1o associate such an excitation in combination

with a conventional innovative codebook within a CELP coding scheme.

For the both methods, we propose a new gain coding especially efficient for both clean
speech and speech with background noise. We propose some mechanisms to get as

close as possible to the original energy but at the same time avoiding too harsh transitions
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with non-unvoiced frames and also avoiding unwanted instabilites due to the gain

quantization.

The first aspect targets unvoiced coding with a rate of 2.8 and 4 kilobits per second
(kbps). The unvoiced frames are first detected. it can be done by a usually speech
classification as it is done in Variable Rate Multimode Wideband (VMR-WB) as it is known
from [3].

There are two main advantages doing the spectral shaping at this stage. First, the spectral
shaping is taking into account for the gain calculation of the excitation. As the gain
computation is the only non-blind module during the excitation generation, it is a great
advantage to have it at the end of the chain after the shaping. Secondly it allows saving
the enhanced excitation in the memory of LTP. The enhancement will then also serve

subsequent non-unvoiced frames.

Although the quantizers 170, 170-1 and 170-2 where described as being configured for
obtaining the quantized parameters g and g, , the quantized parameters may be

provided as an information related thereto, e.g., an index or an identifier of an entry of a
database, the entry comprising the quantized gain parameters g and g, .

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.

The inventive encoded audio signal can be stored on a digital storage medium or can be
transmitted on a fransmission medium such as a wireless transmission medium or a wired

transmission medium such as the Internet.

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

computer system such that the respective method is performed.
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Some embodimenis 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, embodimenis 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 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 o or adapted to perform one of the methods

described herein.

A further embodiment comprises a computer having installed thereon the computer

program for performing one of the methods described herein.

In some embodiments, a programmable logic device (for example a field programmable

gate array) may be used to perform some or all of the functionalities of the methods
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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. 1t 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 encoding an audio signal, the encoder comprising:

an analyzer configured for deriving prediction coefficients and a residual signal from
an unvoiced frame of the audio signal;

a gain parameter calculator configured for calculating a first gain parameter
information for defining a first excitation signal related to a deterministic codebook and
for calculating a second gain parameter information for defining a second excitation
signal related to a noise-like signal for the unvoiced frame; and

a bitstream former configured for forming an output signal based on an information
related to a voiced frame, the first gain parameter information and the second gain
parameter information;

wherein the encoder comprises an LTP memory and a signal generator for generating
an adaptive excitation signal for the voiced frame; and

wherein, when compared to a CELP coding scheme, the encoder is configured for not
transmitting LTP parameters for the unvoiced frame to save bits, wherein the adaptive
excitation signal is set to zero for the unvoiced frame, and wherein the deterministic
codebook is configured to code more pulses for a same bit-rate using the saved bits..

Encoder according to claim 1, wherein the gain parameter calculator is configured for
calculating a first gain parameter and a second gain parameter and wherein the
bitstream former is configured for forming the output signal based on the first gain
parameter and the second gain parameter; or

wherein the gain parameter calculator comprises a quantizer configured for quantizing
the first gain parameter for obtaining a first quantized gain parameter and for
quantizing the second gain parameter for obtaining a second quantized gain
parameter and wherein the bitstream former is configured for forming the output signal
based on the first quantized gain parameter and the second quantized gain parameter.

Encoder according to claim 1 or 2, further comprising a formant information calculator
configured for calculating a speech related spectral shaping information from the
prediction coefficients and wherein the gain parameter calculator is configured to
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calculate the first gain parameter information and the second gain parameter
information based on the speech related spectral shaping information.

Encoder according to one of previous claims, wherein the gain parameter calculator
comprises:

a first amplifier configured for amplifying the first excitation signal by applying the first
gain parameter to obtain a first amplified excitation signal;

a second amplifier configured for amplifying the second excitation signal different from
the first excitation signal by applying the second gain parameter to obtain a second
amplified excitation signal;

a combiner configured for combining the first amplified excitation signal and the
second amplified excitation signal to obtain a combined excitation signal;

a controller configured for filtering the combined excitation signal with a synthesis filter
to obtain a synthesized signal, for comparing the synthesized signal and the audio
signal frame to obtain a comparison result, to adapt the first gain parameter or the
second gain parameter based on the comparison result; and

wherein the bitstream former is configured for forming the output signal based on an
information related to the first gain parameter and the second gain parameter.

Encoder according to one of previous claims, wherein the gain parameter controller
further comprises at least one shaper configured for spectrally shaping the first
excitation signal or a signal derived thereof or the second excitation signal or a signal
derived thereof based on a spectral shaping information.

Encoder according to one of previous claims, wherein the encoder is configured for
encoding the audio signal framewise in a sequence of frames and wherein the gain
parameter calculator is configured for determining the first gain parameter and the
second gain parameter for each of a plurality of subframes of a processed frame and
wherein the gain parameter controller is configured for determining an average energy
value associated to the processed frame.

Encoder according to one of previous claims, further comprising:
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a formant information calculator configured for calculating at least a first a speech
related spectral shaping information from the prediction coefficients;

a decider configured for determining if the residual signal was determined from an
unvoiced signal audio frame.

Encoder according to one of previous claims, wherein the gain parameter controller
comprises a controller configured for determining the first gain parameter based on:

Lsf-1
Zin=o
ZLSf—l

n=0

xw(n) - cw(n)

Je cw(n) - cw(n)

wherein cw(n) is a filtered excitation signal of an innovative codebook and xw(n) is a
perceptual target excitation computed in CELP encoder;

wherein the controller is configured to determine the quantized noise gain based on
quantized value of the first gain parameter and the root square energy ratio between
the first excitation and the second excitation:

(EE e - emy

JZ85 nm) )

wherein Lsf is the size in samples of a subframe.

Encoder according to one of previous claims, further comprising a quantizer
configured for quantizing the first gain parameter to obtain a quantized first gain
parameter, wherein the gain parameter controller is configured for determining the first
gain parameter as a based on:

ZLSf—l

n=0
c ZLsf—l

n=0

xw(n) - cw(n)

cw(n) - cw(n)

wherein gc is the first gain parameter, Lsf is the size of the subframe in samples, cw(n)
denotes the first shaped excitation signal, xw(n) denotes a Code Excited Linear
Prediction encoding signal
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wherein the gain parameter controller or the quantizer is further configured for
normalizing the first gain parameter to obtain a normalized first gain parameter based
on:

L _
(E e e
Lsf - 10m79/20
wherein g,. denotes the normalized first gain parameter and 77y is a measure for an

Inc = Y-

average energy of the unvoiced residual signal over the whole frame; and

wherein the quantizer is configured for quantizing the normalized first gain parameter
to obtain the quantized first gain parameter.

Encoder according to claim 9, wherein the quantizer is configured for quantizing the
second gain parameter to obtain a quantized second gain parameter wherein the gain
parameter controller is configured to determine the second gain parameter by
determining an error value based on:

Lsf—1 Lsf—-1

% nz:(:) k-xw?(n) — nz;) (Gz.cw(n) + g,nw(n))?

wherein is a variable attenuation factor in a range between 0.5 and 1, Lsf corresponds
to the size of a subframe of a processed audio frame, , cw(n) denotes the first shaped
excitation signal, xw(n) denotes a Code Excited Linear Prediction encoding signal, gn
denotes the second gain parameter and g, denotes a quantized first gain parameter;

wherein the gain parameter controller is configured for determining the error for the
current subframe and wherein the quantizer is configured for determining the
quantized second gain which minimizes the error and for obtaining the quantized
second gain based on:

(E e et
77 = Q(index,) - G
JZE ) )

where Q(index,) denotes a scalar value from a finite set a possible values.
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Encoder according to claim 10, wherein the combiner is configured for combining the
first gain parameter and the second gain parameter to obtain a combines excitation
signal based on:

e(n) = gc-c(n) + g - n(n)

Encoder according to claim 10 or 11, wherein the quantizer is configured for
determining the error value based on an energy mismatch between the first
shaped excitation signal and the second excitation signal, wherein the
quantizer is configured for determining the first gain parameter based on a

mean squared error or mean squared root error.

Encoder according to claim 1, wherein the encoder is configured for not

transmitting long term prediction parameters for unvoiced frames.

Decoder for decoding a received audio signal comprising an information related to
prediction coefficients, the decoder comprising:

a first signal generator configured for generating a first excitation signal from a
deterministic codebook for a portion of a synthesized signal;

a second signal generator configured for generating a second excitation signal from a
noise-like signal for the portion of the synthesized signal;

a combiner configured for combining the first excitation signal and the second
excitation signal for generating a combined excitation signal for the portion of the
synthesized signal; and

a synthesizer configured for synthesizing the portion of the synthesized signal from
the combined excitation signal and the prediction coefficients;

wherein the decoder comprises an LTP memory and a signal generator for
generating an adaptive excitation signal for a voiced frame; and

wherein the received audio signal does not comprise LTP parameters for an
unvoiced frame, wherein the decoder is configured for setting to zero the
adaptive excitation signal for the unvoiced frame, and wherein the deterministic
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codebook is configured to provide more pulses for a same bit-rate due to bits
saved because of the lack of LTP parameters for the unvoiced frame.

Decoder according to claim 14, wherein the received audio signal comprises an
information related to a first gain parameter and to a second gain parameter, wherein
the decoder further comprises:

a first amplifier configured for amplifying the first excitation signal or a signal derived
thereof by applying the first gain parameter to obtain a first amplified excitation signal;

a second amplifier configured for amplifying the second excitation signal or a signal
derived by applying the second gain parameter to obtain a second amplified excitation
signal;

Decoder according to claim 14 or 15, further comprising:

a formant information calculator configured for calculating a first spectral shaping
information and a second spectral shaping information from the prediction coefficients;

a first shaper for spectrally shaping a spectrum of the first excitation signal or a signal
derived thereof using the first spectral shaping information; and

a second shaper for spectrally shaping a spectrum of the second excitation signal or a
signal derived thereof using the second shaping information;

Encoded audio signal comprising an information related to prediction coefficients, an
information related to a deterministic codebook, an information related to a first gain
parameter and a second gain parameter and an information related to a voiced and an
unvoiced frame;

wherein the encoded audio signal comprises information related to an adaptive
excitation signal for the voiced frame; and

wherein the encoded audio signal is not comprising LTP parameters for the unvoiced
frame, wherein the adaptive excitation signal is set to zero for the unvoiced frame.

Method for encoding an audio signal, the method comprising:
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deriving prediction coefficients and a residual signal from an unvoiced frame of the
audio signal;

calculating a first gain parameter information for defining a first excitation signal
related to a deterministic codebook and for calculating a second gain parameter
information for defining a second excitation signal related to a noise-like signal for the
unvoiced frame; and

forming an output signal based on an information related to a voiced frame, the first
gain parameter information and the second gain parameter information;

determining if the residual signal was determined from an unvoiced signal audio frame;
generating an adaptive excitation signal for the voiced frame using an LTP memory
and a signal generator; and

when compared to a CELP coding scheme, not transmitting LTP parameters for the
unvoiced frame to save bits, setting the adaptive excitation signal to zero for the
unvoiced frame, and coding more pulses for a same bit-rate using the deterministic
codebook and using the saved bits.

Method for decoding a received audio signal comprising an information related to
prediction coefficients, the decoder comprising:

generating a first excitation signal from a deterministic codebook for a portion of a
synthesized signal;

generating a second excitation signal from a noise-like signal for the portion of the
synthesized signal;

combining the first excitation signal and the second excitation signal for generating a
combined excitation signal for the portion of the synthesized signal; and

synthesizing the portion of the synthesized signal from the combined excitation signal
and the prediction coefficients;

generating an adaptive excitation signal for the voiced frame using an LTP memory
and a signal generator; and
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setting to zero the adaptive excitation signal for the unvoiced frame, and providing
more pulses for a same bit-rate due to bits saved because of the lack of LTP
parameters for the unvoiced frame using the deterministic codebook.

Computer program having a program code for executing a method according to claim
18 or 19 when running on a computer.





