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(57) Abstract: An audio encoder for encoding an audio signal comprises a first coding branch (400), the first coding branch com -
prising a first converter (410) for converting a signal from a time domain into a frequency domain. Furthermore, the audio encoder
comprises a second coding branch (500) comprising a second time/frequency converter (523). Additionally, a signal analyzer
(300/525) for analyzing the audio signal is provided. The signal analyzer, on the hand, determines whether an audio portion is ef-
fective in the encoder output signal as a first encoded signal from the first encoding branch or as a second encoded signal from a
second encoding branch. On the other hand, the signal analyzer determines a time/frequency resolution to be applied by the con-
verters (410, 523) when generating the encoded signals. An output mtertace includes, i addition to the first encoded signal and
the second encoded signal, a resolution information identifying the resolution used by the first time/frequency converter and used
by the second time/frequency converter.
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Multi-Resolution Switched Audio Encoding/Decoding Scheme

Specification

The present invention is related to audio coding and, particularly, to low bit rate audio

coding schemes.

In the art, frequency domain coding schemes such as MP3 or AAC are known. These

frequency-domain encoders are based on a time-domain/frequency-domain conversion, a

“subsequent quantization stage, in which the quantization error is controlled using

information from a perceptual module, and an encoding stage, in which the quantized
spectral coefficients and corresponding side information are entropy-encoded using code
tables.

On the other hand there are encoders that are very well suited to speech processing such as
the AMR-WB+ as described in 3GPP TS 26.290. Such speech coding schemes perform a
Linear Predictive filtering of a time-domain signal. Such a LP filtering is derived from a
Linear Prediction analysis of the input time-domain signal. The resulting LP filter
coefficients are then quantized/coded and transmitted as side information. The process is
known as Linear Prediction Coding (LPC). At the output of the filter, the prediction
residual signal or prediction error signal which is also known as the excitation signal is
encoded using the analysis-by-synthesis stages of the ACELP encoder or, alternatively, 1s
encoded using a transform encoder, which uses a Fourier transform with an overlap. The
decision between the ACELP coding and the Transform Coded eXcitation coding which 1s
also called TCX coding is done using a closed loop or an open loop algorithm.

Frequency-domain audio coding schemes such as the High Efficiency AAC (HE-ACC)
encoding scheme, which combines an AAC coding scheme and a spectral band replication
(SBR) technique can also be combined with a joint stereo or a multi-channel coding tool
which is known under the term “MPEG surround”.

On the other hand, speech encoders such as the AMR-WB+ also have a high frequency

extension stage and a stereo functionality.
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['requency-domain coding schemes arc advantageous in that they show a high quality at low

bitrates for music signals. Problematic, however, is the quality of speech signals at low bitrates.

Speech coding schemes show a high quality for speech signals even at low bitrates, but show a

poor quality for other signals at low bitrates.
[t 1s an object of the present invention to provide an improved encoding/decoding concept.

According to one aspect of the invention, there 1s provided an audio encoder for encoding an
audio signal, comprising: a first coding branch for encoding the audio signal using a first
coding algorithm to obtain a first encoded signal, the first coding branch comprising a first
converter for converting a first converter input signal into a first converter spectral domain; a
second coding branch for encoding the audio signal using a second coding algorithm to obtain a
second encoded signal, wherein the first coding algorithm is different from the second coding
algorithm, the second coding branch comprising a domain converter for converting a domain
converter input signal from an input domain into an output domain, and a second converter for
converting a second converter input signal into a second converter spectral domain; switch for
switching between the first coding branch and the second coding branch so that, for a portion of
the audio signal, either the first encoded signal or the second encoded signal i1s in an encoder
output signal; a signal analyzer for analyzing the portion of the audio signal to determine,
whether the portion of the audio signal 1s represented as the first encoded signal or the second
encoded signal in the encoder output signal, wherein the signal analyzer i1s furthermore
configured tor variably determining a respective time/frequency resolution of the first converter
and the second converter, when the first encoded signal or the second encoded signal
representing the portion of the audio signal 1s generated; and an output interface for generating
the encoder output signal comprising the first encoded signal and the second encoded signal
and an information indicating the first encoded signal and the second encoded signal, and an
information indicating the time/frequency resolution applied for encoding the first encoded

signal and for encoding the second encoded signal.

According to another aspect of the invention, there 1s provided a method of audio encoding an
audio signal, comprising: encoding, in a first coding branch, the audio signal using a first
coding algorithm to obtain a first encoded signal, the first coding branch comprising a first
converter for converting a first converter input signal into a first converter spectral domain;

encoding, in a second coding branch, the audio signal using a second coding algorithm to
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obtain a second encoded signal, wherein the first coding algorithm 1s different from the second
coding algorithm, the second coding branch comprising a domain converter for converting a
domain converter input signal from an input domain into an output domain, and a second
converter for converting a second converter input signal into a second converter spectral
domain; switching between the first coding branch and the second coding branch so that, for a
portion of the audio signal, either the first encoded signal or the second encoded signal is 1n an
encoder output signal; analyzing the portion of the audio signal to determine, whether the
portion of the audio signal 1s represented as the first encoded signal or the second encoded
signal 1n the encoder output signal, variably determining a respective time/frequency resolution
of the first converter and the second converter, when the first encoded signal or the second
encoded signal representing the portion of the audio signal i1s generated; and generating the
encoder output signal comprising the first encoded signal and the second encoded signal and an
information indicating the first encoded signal and the second encoded signal, and an
information indicating the time/frequency resolution applied for encoding the first encoded

signal and for encoding the second encoded signal.

According to a further aspect of the invention, there is provided an audio decoder for decoding
an encoded signal, the encoded signal comprising a first encoded signal, a second encoded
signal, an indication indicating the first encoded signal and the second encoded signal, and a
time/frequency resolution information to be used for decoding the first encoded signal and the
second encoded signal, comprising: a first decoding branch for decoding the first encoded
signal using a first controllable frequency/time converter, the first controllable frequency/time
converter being configured for being controlled using the time/frequency resolution
information for the first encoded signal to obtain a first decoded signal; a second decoding
branch for decoding the second encoded signal using a second controllable frequency/time
converter, the second controllable frequency/time converter being configured for being
controlled using the time/frequency resolution information for the second encoded signal to
obtain a second decoded signal; a controlier for controlling the first controllable frequency/time
converter and the second controllable frequency/time converter using the time/frequency
resolution information; a domain converter for generating a synthesis signal using the second

decoded signal; and a combiner for combining the first decoded signal and the synthesis signal

to obtain a decoded audio signal.

According to another aspect of the invention, there 1s provided a method of audio decoding an
encoded signal, the encoded signal comprising a first encoded signal, a second encoded signal.

an indication indicating the first encoded signal and the second encoded signal, and a
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time/{requency resolution information to be used for decoding the first encoded signal and the
second encoded audio signal, comprising: decoding, by a first decoding branch, the first
encoded signal using a first controllable frequency/time converter, the first controllable
frequency/time converter being configured for being controlled using the time/frequency
resolution information for the first encoded signal to obtain a first decoded signal; decoding, by
a second decoding branch, the sccond encoded signal using a second controllable
frequency/time converter, the second controllable frequency/time converter being configured
for being controlled using the time/frequency resolution information for the second encoded
signal; controlling the first controllable frequency/time converter and the second controllable
frequency/time converter using the time/frequency resolution information; generating, by a
domain converter, a synthesis signal using the second decoded signal; and combining the first

decoded signal and the synthesis signal to obtain a decoded audio signal.

The present invention 1s based on the finding that a hybrid or dual-mode switched
coding/encoding scheme is advantageous in that the best coding algorithm can always be
selected for a certain signal characteristic. Stated differently, the present invention does not
look for a signal coding algorithm which is perfectly matched to all signal characteristics. Such
scheme would always be a compromise as can be seen from the huge differences between state
of the art audio encoders on the one hand, and speech encoders on the other hand. Instead, the
present invention combines different coding algorithims such as a speech coding algorithm on
the one hand, and an audio coding algorithm on the other hand within a switched scheme so
that, for each audio signal portion, the optimally matching coding algorithm is selected.
l'urthermore, 1t 1s also a feature of the present invention that both coding branches comprise a
time/frequency converter, but in one coding branch, a further domain converter such an LPC
processor 1s provided. This domain converter makes sure that the second coding branch is
better suited for a certain signal characteristic than the tirst coding branch. However, it is also a
fecature of the present invention that the signal output by the domain processor is also

transformed into a spectral representation.

Both converters, 1.¢., the first converter in the first coding branch and the second converter in
the second coding branch are configured for applying a multi-resolution transform coding,
where the resolution of the corresponding converter s set dependent on the audio signal, and
particularly dependent on the audio signal actually coded in the corresponding coding branch
so that a good compromise between quality on the one hand, and bitrate on the other hand, or in
view of a certain fixed quality, the lowest bitrate. or in view of a fixed bitrate, the highest
quality 1s obtained.
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In accordance with the present invention, the time/frequency resolution of the two
converters can preferably be set independent from each other so that each time/frequency
transformer can be optimally matched to the time/frequency resolution requirements of the
corresponding signal. The bit efficiency, i.e., the relation between useful bits on the one
hand, and side information bits on the other hand is higher for longer block sizes/window
lengths. Therefore, it is preferred that both converters are more biased to a longer window
length, since, basically the same amount of side information refers to a longer time portion
of the audio signal compared to applying shorter block sizes/window lengths/ transform
lengths. Preferably, the time/frequency resolution in the encoding branches can also be
influenced by other encoding/decoding tools located in these branches. Preferably, the
second coding branch comprising the domain converter such as an LPC processor
comprises another hybrid scheme such as an ACELP branch on the one hand, and an TCX
scheme on the other hand, where the second converter is included in the TCX scheme.
Preferably, the resolution of the time/frequency converter located in the TCX branch 1s
also influenced by the encoding decision, so that a portion of the signal in the second
encoding branch is processed in the TCX branch having the second converter or in the

ACELP branch not having a time/frequency converter.

Basically, neither the domain converter nor the second coding branch, and particularly the
first processing branch in the second encoding branch and the second processing branch 1in
the second coding branch, must be speech-related elements such as an LPC analyzer for
the domain converter, a TCX encoder for the second processing branch and an ACELP
encoder for the first processing branch. Other applications are also useful when other
signal characteristics of an audio signal different from speech on the one hand, and music
on the other hand are evaluated. Any domain converters and encoding branch
implementations can be used and the best matching algorithm can be found by an analysis-
by-synthesis scheme so that, on the encoder side, for each portion of the audio signal, all
encoding alternatives are conducted and the best result 1s selectéd, where the best result
can be found applying a target function to the encoding results. Then, side information
identifying, to a decoder, the underlying encoding algorithm for a certain portion of the
encoded audio signal is attached to the encoded audio signal by an encoder output interface
so that the decoder does not have to care for any decisions on the encoder side or on any
signal characteristics, but simply selects its coding branch depending on the transmitted
side information. Furthermore, the decoder will not only select the correct decoding
branch, but will also select, based on side information encoded in the encoded signal,

which time/frequency resolution is to be applied in a corresponding first decoding branch
and a corresponding second decoding branch.
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Thus, the present invention provides an encoding/decoding scheme, which combines the
advantages of all different coding algorithms and avoids the disadvantages of these coding
algorithms which come up, when the signal portion would have to be encoded, by an
algorithm that does not fit to a certain coding algorithm. Furthermore, the present invention
avoids any disadvantages, which would come up, if the different time/frequency resolution
requirements raised by different audio signal portions in different encoding branches had
not been accounted for. Instead, due to the variable time/frequency resolution of
time/frequency converters in both branches, any artifacts are at least reduced or even
completely avoided, which would come up in the scenario where the same time/frequency
resolution would be applied for both coding branches, or in which only a fixed

time/frequency resolution would be possible for any coding branches.

The second switch again decides between two processing branches, but in a domain
different from the ‘“outer” first branch domain. Again one “inner” branch i1s mainly
motivated by a source model or by SNR calculations, and the other “inner” branch can be
motivated by a sink model and/or a psycho acoustic model, i.e. by masking or at least
includes frequency/spectral domain coding aspects. Exemplarily, one “inner” branch has a
frequency domain encoder/spectral converter and the other branch has an encoder coding
on the other domain such as the LPC domain, wherein this encoder 1s for example an

CELP or ACELP quantizer/scaler processing an input signal without a spectral conversion.

A further preferred embodiment is an audio encoder comprising a first information sink
oriented encoding branch such as a spectral domain encoding branch, a second information
source or SNR oriented encoding branch such as an LPC-domain encoding branch, and a
switch for switching between the first encoding branch and the second encoding branch,
wherein the second encoding branch comprises a converter into a specific domain difterent
from the time domain such as an LPC analysis stage generating an excitation signal, and
wherein the second encoding branch furthermore comprises a specific domain such as LPC
domain processing branch and a specific spectral domain such as LPC spectral domain
processing branch, and an additional switch for switching between the specific domain
coding branch and the specific spectral domain coding branch.

A further embodiment of the invention is an audio decoder comprising a first domain such
as a spectral domain decoding branch, a second domain such as an LPC domain decoding
branch for decoding a signal such as an excitation signal in the second domain, and a third
domain such as an LPC-spectral decoder branch for decoding a signal such as an excitation
signal in a third domain such as an LPC spectral domain, wherein the third domain 1s

obtained by performing a frequency conversion from the second domain wherein a first
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switch for the second domain signal and the third domain signal is provided, and wherein a

second switch for switching between the first domain decoder and the decoder for the

second domain or the third domain is provided.

Preferred embodiments of the present invention are subsequently described with respect to

the attached drawings, 1n which:

Fig. 1a

Fig. 1b

Fig. 1c

Fig. 2a

Fig. 2b

Fig. 2¢

Fig. 3a

Fig. 3b

Fig. 3¢

Fig. 3d

is a block diagram of an encoding scheme in accordance with a first aspect

of the present invention;

is a block diagram of a decoding scheme in accordance with the first aspect

of the present invention;

is a block diagram of an encoding scheme in accordance with a further

aspect of the present invention;

is a block diagram of an encoding scheme in accordance with a second

aspect of the present invention;

is a schematic diagram of a decoding scheme in accordance with the second

aspect of the present invention.

is a block diagram of an encoding scheme in accordance with a further

aspect of the present invention

illustrates a block diagram of an encoding scheme in accordance with a

further aspect of the present invention;

illustrates a block diagram of a decoding scheme in accordance with the

further aspect of the present invention;

illustrates a schematic representation of the encoding apparatus/method with

cascaded switches;

illustrates a schematic diagram of an apparatus or method for decoding, In

which cascaded combiners are used;
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Fig. 3e

Fig. 4a

Fig. 4b

Fig. Sa

Fig. 5b

Fig. Sc

Fig. 5d

Fig. 6

Figs. 7a

Fig. 7e

Fig. 71

Fig. 7¢g

Fig. 8

illustrates an illustration of a time domain signal and a corresponding
representation of the encoded signal illustrating short cross fade regions
which are included in both encoded signals;

illustrates a block diagram with a switch positioned before the encoding

branches;

illustrates a block diagram of an encoding scheme with the switch

positioned subsequent to encoding the branches;

illustrates a wave form of a time domain speech segment as a quasi-periodic

or impulse-like signal segment;
illustrates a spectrum of the segment of Fig. 5a;

illustrates a time domain speech segment of unvoiced speech as an example

for a noise-like segment;
illustrates a spectrum of the time domain wave form of Fig. 5c;
illustrates a block diagram of an analysis by synthesis CELP encoder;

to 7d illustrate voiced/unvoiced excitation signals as an example for

impulse-like signals;

illustrates an encoder-side LPC stage providing short-term prediction

information and the prediction error (excitation) signal;

illustrates a further embodiment of an LPC device for generating a weighted
signal;

illustrates an implementation for transforming a weighted signal into an
excitation signal by applying an inverse weighting operation and a
subsequent excitation analysis as required in the converter 537 of Fig. 2b;

illustrates a block diagram of a joint multi-channel algorithm in accordance

with an embodiment of the present invention;
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Fig. 9

Fig.

Fig.

10a

10b

Fig.11A

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

Fig.

11B

12A

12B

13A

13B

13C

14A

14B

14C

14D

illustrates a preferred embodiment of a bandwidth extension algorithm;

illustrates a detailed description of the switch when performing an open

loop decision; and

illustrates an illustration of the switch when operating in a closed loop

decision mode;

illustrates a block diagram of an audio encoder in accordance with another

aspect of the present invention;

illustrates a block diagram of another embodiment of an inventive audio

decoder;
illustrates another embodiment of an inventive encoder;
illustrates another embodiment of an inventive decoder;

illustrates the interrelation between resolution and window/transform
lengths;

illustrates an overview of a set of transform windows for the first coding

branch and a transition from the first to the second coding branch;
illustrates a plurality of different window sequences including window
sequences for the first coding branch and sequences for a transition to the

second branch;

illustrates the framing of a preferred embodiment of the second coding

branch;
illustrates short windows as applied in the second coding branch;

illustrates medium sized windows applied in the second coding branch;

illustrates long windows applied by the second coding branch;
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Fig. 14E illustrates an exemplary sequence of ACELP frames and TCX frames within
a super frame division;

Fig. 14F illustrates different transform lengths corresponding to difterent
time/frequency resolutions for the second encoding branch; and

Fig. 14G illustrates a construction of a window using the definittons of Fig. 14F

Fig. 11A illustrates an embodiment of an audio encoder for encoding an audio signal. The
encoder comprise a first coding branch 400 for encoding an audio signal using a first
coding algorithm to obtain a first encoded signal.

The audio encoder furthermore comprises a second coding branch 500 for encoding an
audio signal using a second coding algorithm to obtain a second encoded signal. The first
coding algorithm is different from the second coding algorithm. Additionally, a first switch
200 for switching between the first coding branch and the second coding branch is
provided so that, for a portion of the audio signal, either the first encoded signal or the

second encoded signal is in an encoder output signal 801.

The audio encoder illustrated in Fig. 11A additionally comprises a signal analyzer 300/525,
which is configured for analyzing a portion of the audio signal to determine, whether the
portion of the audio signal is represented as the first encoded signal or the second encoded

signal in the encoder output signal 801.

The signal analyzer 300/525 is furthermore configured for variably determining a
respective time/frequency resolution of a first converter 410 in the first coding branch 400
or a second converter 523 in the second encoding branch 500. This time/frequency
resolution is applied, when the first encoded signal or the second encoded signal
representing the portion of the audio signal is generated.

The audio encoder additionally comprises an output interface 800 for generating the
encoder output signal 801 comprising an encoded representation of the portion of the audio
signal and an information indicating whether the representation of the audio signal is the
first encoded signal or the second encoded signal, and indicating the time/frequency

resolution used for decoding the first encoded signal and the second encoded signal.

The second encoding branch is preferably different from the first encoding branch 1n that

the second encoding branch additionally comprises a domain converter for converting the
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audio signal from the domain, in which the audio signal is processed in the first encoding branch
into a different domain. Preferably the domain converter 1s an LPC processor 510, but the domain
converter can be implemented in any other way as long as the domain converter 1s different from

the first converter 410 and the second converter 523.

The first converter 410 1s a time/trequency converter preferably comprising a windower 410a and a
transformer 410b. The windower 410a applies an analysis window to the input audio signal, and the

transformer 410b performs a conversion of the windowed signal into a spectral representation.

Analogously, the second converter 523 preferably comprises a windower 523a and a subsequently
connected transformer 523b. The windower 523a receives the signal output by the domain
converter 510 and outputs the windowed representation thereot. The result of one analysis window
applied by the windower 523a is input into the transformer 523b to form a spectral representation.
T'he transformer can be an FF1T or preferably MDCT processor implementing a corresponding
algorithm 1n software or hardware or in a mixed hardware/software implementation. Alternatively,
the transformer can be a filterbank implementation such as a QMF filterbank which can be based on
a real-valued or complex modulation of a prototype filter. For specific filterbank implementations.
a window 1s applied. However, for other filterbank implementations, a windowing as required for a
transform algorithm based on a FIF'T of MDCT is not necessary. When a filterbank implementation
1S used, then the filterbank 1s a variable resolution filterbank and the resolution controls the
frequency resolution of the filterbank, and additionally, the time resolution or only the frequency
resolution and not the time resolution. When however, the converter is implemented as an FFT or
MDC'T or any other corresponding transformer, then the frequency resolution is connected to the
time resolution in that an increase of the frequency resolution obtained by a larger block length in

time automatically corresponds to a lower time resolution and vice versa.

Additionally, the first coding branch may comprise a quantizer/coder stage 421, and the second

encoding branch may also comprisc one or more further coding tools 524.

Importantly, the signal analyzer is configured for gencrating a resolution control signal for the first
converter 410 and for the second converter 523. Thus, an independent resolution control in both
coding branches is implemented in order to have a coding scheme which, on the one hand, provides
a low bitrate, and on the other hand, provides a maximum quality in view of the low bitrate. In
order to achieve the low bitrate goal, longer window lengths or longer transform lengths are
preterred, but in situations where these long lengths
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will result in an artifact due to the low time resolution, shorter window lengths and shorter
transform lengths are applied, which results in a lower frequency resolution. Preferably,
the signal analyzer applies a statistical analysis or any other analysis which is suited to the
corresponding algorithms in the encoding branches. In one implementation mode, in which
the first coding branch is a frequency domain coding branch such as an AAC-based
encoder, and in which the second coding branch comprises, as a domain converter, an LPC
processor 510, the signal analyzer performs a speech/music discrimination so that the
speech portion of the audio signal is fed into the second coding branch by correspondingly
controlling the switch 200. A music portion of the audio signal is fed into the first coding
branch 400 by correspondingly controlling the switch 200 as indicated by the switch
control lines. Alternatively, as will be later discussed with respect to Fig. 1C or Fig. 4B,
the switch can also be positioned before the output interface 800.

Furthermore, the signal analyzer can receive the audio signal input into the switch 200, or
the audio signal output by the switch 200. Furthermore, the signal analyzer performs an
analysis in order to not only feed the audio signal into the corresponding coding branch,
but to also determine the appropriate time/frequency resolution of the respective converter
in the corresponding coding branch, such as the first converter 410 and the second

converter 523 as indicated by the resolution controlled lines connecting the signal analyzer

and the converter.

Fig. 11B comprises a preferred embodiment of an audio decoder matching to the audio
encoder 1in Fig. 11A.

The audio decoder in Fig. 11B is configured for decoding an encoded audio signal such as
the encoder output signal 801 output by the output interface 800 in Fig. 11A. The encoded
signal comprises a first encoded audio signal encoded in accordance with a first coding
algorithm, a second encoded signal encoded in accordance with a second coding algorithm,
the second coding algorithm being different from the first coding algorithm, and
information, indicating whether the first coding algorithm or the second coding algorithm
is used for decoding the first encoded signal and the second encoded signal, and a
time/frequency resolution information for the first encoded audio signal and the second

encoded audio signal.

The audio decoder comprises a first decoding branch 431, 440 for decoding the first
encoded signal based on the first coding algorithm. Furthermore, the audio decoder

comprises a second decoding branch for decoding the second encoded signal using the
second coding algorithm.



10

[5

30

33

CA 02739736 2014-02-05

1

The first decoding branch comprises a {irst controllable converter 440 for converting from a
spectral domain into the time domain. The controllable converter 1s configured for being

controlled using the time/frequency resolution information from the first encoded signal to

obtain the first decoded signal.

The second decoding branch comprises a second controllable converter for converting from a
spectral representation in a time representation, the second controllable converter 534 being
configured for being controlled using the time/frequency resolution information 991 for the

second encoded signal.

The decoder additionally comprises a controller 990 for controlling the first converter 540 and

the second converter 534 in accordance with the time/frequency resolution information 991.

Furthermore, the decoder comprises a domain converter for generating a synthesis signal using
the second decoded signal in order to cancel the domain conversion applied by the domain

converter 510 1n the encoder of Fig. 1TA.

Preferably. the domain converter 540 i1s an [LPC synthesis processor, which 1s controlled using
[.PC filter information included 1n the encoded signal, where this LPC filter information has
been generated by the LLPC processor 510 1n Fig. 11TA and has been input into the encoder
output signal as side information. The audio decoder finally comprises a combiner 600 for
combining the first decoded signal output by the first domain converter 540 and the synthesis
signal to obtain a decoded audio signal 609,

[n the preferred implementation, the first decoding branch additionally comprises a
dequantizer/decoder stage 431 for reversing or at least for partly reversing the operations
performed by the corresponding encoder stage 421. However, it 1s clear that quantization
cannot be reversed, since this is a lossy operation. However, a dequantizer will reverse a certain

non-uniformity in a quantization such as a logarithmic or companding quantization.

In the second decoding branch, the corresponding stage 533 is applied for undoing certain
encoding operations applied by the stage 524. Preferably, stage 524 comprises a umform
quantization. Therefore, the corresponding stage 533 will not have a specific dequantization

stage for undoing a certain uniform quantization.
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The first converter 440 as well as the second converter 534 may comprise a corresponding
Inverse transformer stage 440a, 534a, a synthesis window stage 440b, 534b, and the
subsequently connected overlap/add stage 440c, 534c. The overlap/add stages are required,
when the converters, and more specifically, the transformer stages 440a, 534a apply
aliasing introducing transforms such as a modified discrete cosine transform. Then, the
overlap/add operation will perform a time domain aliasing cancellation (TDAC). When
however, the transformers apply a non-aliasing introducing transform such as an inverse
FFT, then an overlap/add stage 440c is not required. In such an implementation, a cross
fading operation to avoid blocking artifacts may be applied.

Analogously, the combiner 600 may be a switched combiner or a cross fading combiner, or
when aliasing 1s used for avoiding blocking artifacts, a transition windowing operation 1s

implemented by the combiner similar to an overlap/add stage within a branch 1tself.

Fig. 1a illustrates an embodiment of the invention having two cascaded switches. A mono
signal, a stereo signal or a multi-channel signal is input into the switch 200. The switch 200
is controlled by the decision stage 300. The decision stage receives, as an input, a signal
input into block 200. Alternatively, the decision stage 300 may also receive a side
information which is included in the mono signal, the stereo signal or the multi-channel
signal or 1s at least associated to such a signal, where information 1s existing, which was,
for example, generated when originally producing the mono signal, the stereo signal or the

multi-channel signal.

The decision stage 300 actuates the switch 200 in order to feed a signal either in the
frequency encoding portion 400 illustrated at an upper branch of Fig. 1a or the LPC-
domain encoding portion 500 illustrated at a lower branch in Fig. 1a. A key element of the
frequency domain encoding branch is the spectral conversion block 410 which 1s operative
to convert a common preprocessing stage output signal (as discussed later on) into a
spectral domain. The spectral conversion block may include an MDCT algorithm, a QMF,
an FFT algorithm, a Wavelet analysis or a filterbank such as a critically sampled filterbank
having a certain number of filterbank channels, where the subband signals in this filterbank
may be real valued signals or complex valued signals. The ‘output of the spectral
conversion block 410 is encoded using a spectral audio encoder 421, which may include

processing blocks as known from the AAC coding scheme.

Generally, the processing in branch 400 is a processing in a perception based model or
information sink model. Thus, this branch models the human auditory system receiving

sound. Contrary thereto, the processing in branch 500 is to generate a signal in the
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excitation, residual or LPC domain. Generally, the processing in branch 500 1s a processing
in a speech model or an information generation model. For speech signals, this model is a
model of the human speech/sound generation system generating sound. If, however, a
sound from a different source requiring a different sound generation model 1s to be
encoded, then the processing in branch 500 may be different.

In the lower encoding branch 500, a key element is an LPC device 510, which outputs an
LPC information which is used for controlling the characteristics of an LPC filter. This
LPC information is transmitted to a decoder. The LPC stage 510 output signal 1s an LPC-

domain signal which consists of an excitation signal and/or a weighted signal.

The LPC device generally outputs an LPC domain signal, which can be any signal in the
LPC domain such as the excitation signal in Fig. 7e or a weighted signal in Fig. 7f or any
other signal, which has been generated by applying LPC filter coefficients to an audio
signal. Furthermore, an LPC device can also determine these coefficients and can also

quantize/encode these coetficients.

The decision in the decision stage can be signal-adaptive so that the decision stage
performs a music/speech discrimination and controls the switch 200 in such a way that
music signals are input into the upper branch 400, and speech signals are input into the
lower branch 500. In one embodiment, the decision stage is feeding its decision
information into an output bit stream so that a decoder can use this decision information 1n

order to perform the correct decoding operations.

Such a decoder is illustrated in Fig. 1b. The signal output by the spectral audio encoder 421
is, after transmission, input into a spectral audio decoder 431. The output of the spectral
audio decoder 431 is input into a time-domain converter 440. Analogously, the output of
the LPC domain encoding branch 500 of Fig. la is received on the decoder side and
processed by elements 531, 533, 534, and 532 for obtaining an LPC excitation signal. The
LPC excitation signal is input into an LPC synthesis stage 540, which receives, as a further
input, the LPC information generated by the corresponding LPC analysis stage 510. The
output of the time-domain converter 440 and/or the output of the LPC synthesis stage 540
are input into a switch 600. The switch 600 is controlled via a switch control signal which
was, for example, generated by the decision stage 300, or which was externally provided
such as by a creator of the original mono signal, stereo signal or multi-channel signal. The

output of the switch 600 is a complete mono signal, stereo signal or multichannel signal.
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The input signal into the switch 200 and the decision stage 300 can be a mono signal, a
stereo signal, a multi-channel signal or generally an audio signal. Depending on the
decision which can be derived from the switch 200 input signal or from any external
source such as a producer of the original audio signal underlying the signal input 1nto stage
200, the switch switches between the frequency encoding branch 400 and the LPC
encoding branch 500. The frequency encoding branch 400 comprises a spectral conversion
stage 410 and a subsequently connected quantizing/coding stage 421. The
quantizing/coding stage can include any of the functionalities as known from modern
frequency-domain encoders such as the AAC encoder. Furthermore, the quantization
operation in the quantizing/coding stage 421 can be controlled via a psychoacoustic
module which generates psychoacoustic information such as a psychoacoustic masking

threshold over the frequency, where this information is input into the stage 421.

In the LPC encoding branch, the switch output signal is processed via an LPC analysis
stage 510 generating LPC side info and an LPC-domain signal. The excitation encoder
inventively comprises an additional switch for switching the further processing of the LPC-
domain signal between a quantization/coding operation 522 in the LPC-domain or a
quantization/coding stage 524, which is processing values in the LPC-spectral domain. To
this end, a spectral converter 523 is provided at the input of the quantizing/coding stage
524. The switch 521 is controlled in an open loop fashion or a closed loop fashion
depending on specific settings as, for example, described in the AMR-WB+ technical

specification.

For the closed loop control mode, the encoder additionally includes an 1nverse
quantizer/coder 531 for the LPC domain signal, an inverse quantizer/coder 533 tor the LPC
spectral domain signal and an inverse spectral converter 534 for the output of item 533.
Both encoded and again decoded signals in the processing branches of the second encoding
branch are input into the switch control device 525. In the switch control device 525, these
two output signals are compared to each other and/or to a target function or a target
function is calculated which may be based on a comparison of the distortion in both signals
so that the signal having the lower distortion is used for deciding, which position the
switch 521 should take. Alternatively, in case both branches provide non-constant bit rates,
the branch providing the lower bit rate might be selected even when the signal to noise
ratio of this branch is lower than the signal to noise ratio of the other branch. Alternatively,
the target function could use, as an input, the signal to noise ratio of each signal and a bit
rate of each signal and/or additional criteria in order to find the best decision for a specific
goal. If, for example, the goal is such that the bit rate should be as low as possible, then the
target function would heavily rely on the bit rate of the two signals output by the elements
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531, 534. However, when the main goal is to have the best quality for a certain bit rate,
then the switch control 525 might, for example, discard each signal which 1s above the
allowed bit rate and when both signals are below the allowed bit rate, the switch control

would select the signal having the better signal to noise ratio, i.e., having the smaller
quantization/coding distortions.

The decoding scheme in accordance with the present invention is, as -stated before,
illustrated in Fig. 1b. For each of the three possible output signal kinds, a specific
decoding/re-quantizing stage 431, 531 or 533 exists. While stage 431 outputs a time-
spectrum which is converted into the time-domain using the frequency/time converter 440,
stage 531 outputs an LPC-domain signal, and item 533 outputs an LPC-spectrum. In order
to make sure that the input signals into switch 532 are both in the LPC-domain, the LPC-
spectrum/LPC-converter 534 is provided. The output data of the switch 532 is transformed
back into the time-domain using an LPC synthesis stage 540, which is controlled via
encoder-side generated and transmitted LPC information. Then, subsequent to block 540,
both branches have time-domain information which is switched in accordance with a
switch control signal in order to finally obtain an audio signal such as a mono signal, a
stereo signal or a multi-channel signal, which depends on the signal input into the encoding

scheme of Fig. la.

Fig. 1c illustrates a further embodiment with a different arrangement of the switch 521
similar to the principle of Fig. 4b.

Fig. 2a illustrates a preferred encoding scheme in accordance with a second aspect of the
invention.. A common preprocessing scheme connected to the switch 200 1nput may
comprise a surround/joint stereo block 101 which generates, as an output, joint stereo
parameters and a mono output signal, which is generated by downmixing the input signal
which is a signal having two or more channels. Generally, the signal at the output of block
101 can also be a signal having more channels, but due to the downmixing functionality of
block 101, the number of channels at the output of block 101 will be smaller than the

number of channels input into block 101.

The common preprocessing scheme may comprise alternatively to the block 101 or in
addition to the block 101 a bandwidth extension stage 102. In the Fig. 2a embodiment, the
output of block 101 is input into the bandwidth extension block 102 which, in the encoder
of Fig. 2a, outputs a band-limited signal such as the low band signal or the low pass signal
at its output. Preferably, this signal is downsampled (e.g. by a factor of two) as well.
Furthermore, for the high band of the signal input into block 102, bandwidth extension
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parameters such as spectral envelope parameters, inverse filtering parameters, noise floor

parameters etc. as known from HE-AAC profile of MPEG-4 are generated and forwarded
to a bitstream multiplexer 800.

Preferably, the decision stage 300 receives the signal input into block 101 or input into
block 102 in order to decide between, for example, a music mode or a speech mode. In the
music mode, the upper encoding branch 400 is selected, while, in the speech mode, the
lower encoding branch 500 is selected. Preferably, the decision stage additionally controls
the joint stereo block 101 and/or the bandwidth extension block 102 to adapt the
functionality of these blocks to the specific signal. Thus, when the decision stage
determines that a certain time portion of the input signal is of the first mode such as the
music mode, then specific features of block 101 and/or block 102 can be controlled by the
decision stage 300. Alternatively, when the decision stage 300 determines that the signal 1s
in a speech mode or, generally, in a second LPC-domain mode, then specific features of

blocks 101 and 102 can be controlled in accordance with the decision stage output.

Preferably, the spectral conversion of the coding branch 400 is done using an MDCT
operation which, even more preferably, is the time-warped MDCT operation, where the
strength or, generally, the warping strength can be controlled between zero and a high
warping strength. In a zero warping strength, the MDCT operation in block 411 is a
straight-forward MDCT operation known in the art. The time warping strength together
with time warping side information can be transmitted/input into the bitstream multiplexer
800 as side information.

In the LPC encoding branch, the LPC-domain encoder may include an ACELP core 526
calculating a pitch gain, a pitch lag and/or codebook information such as a codebook index
and gain. The TCX mode as known from 3GPP TS 26.290 incurs a processing of a
perceptually weighted signal in the transform domain. A Fourier transformed weighted
signal is quantized using a split multi-rate lattice quantization (algebraic VQ) with noise
factor quantization. A transform is calculated in 1024, 512, or 256 sample windows. The
excitation signal is recovered by inverse filtering the quantized weighted signal through an

inverse weighting filter.

In the first coding branch 400, a spectral converter preferably comprises a specifically
adapted MDCT operation having certain window functions followed by a
quantization/entropy encoding stage which may consist of a single vector quantization
stage, but preferably is a combined scalar quantizer/entropy coder similar to the
quantizer/coder in the frequency domain coding branch, i.e., in item 421 of Fig. 2a.
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In the second coding branch, there is the LPC block 510 followed by a switch 521, again
followed by an ACELP block 526 or an TCX block 527. ACELP i1s described in 3GPP TS
26.190 and TCX 1is described in 3GPP TS 26.290. Generally, the ACELP block 526
receives an LPC excitation signal as calculated by a procedure as described in Fig. 7e. The
TCX block 527 receives a weighted signal as generated by Fig. 71.

In TCX, the transform is applied to the weighted signal computed by filtering the input
signal through an LPC-based weighting filter. The weighting filter used preferred
embodiments of the invention is given by (1-A(z/y))/(1-uz™"). Thus, the weighted
signal is an LPC domain signal and its transform i1s an LPC-spectral domain. The signal
processed by ACELP block 526 is the excitation signal and is different from the signal
processed by the block 527, but both signals are in the LPC domain.

At the decoder side illustrated in Fig. 2b, after the inverse spectral transform 1n block 537,
the inverse of the weighting filter is applied, that is (1—z7')/(1- A(z/y)). Then, the

signal is filtered through (1-A(z)) to go to the LPC excitation domain. Thus, the conversion
to LPC domain block 534 and the TCX' block 537 include inverse transform and then

-1
filtening through U~z )—(I—A(z)) to convert from the weighted domain to the

(1-A(z/y))

excitation domain.

Although item 510 in Figs. la, lc, 2a, 2c illustrates a single block, block 510 can output
different signals as long as these signals are in the LPC domain. The actual mode of block
510 such as the excitation signal mode or the weighted signal mode can depend on the
actual switch state. Alternatively, the block 510 can have two parallel processing devices,
where one device is implemented similar to Fig. 7e and the other device is implemented as
Fig. 7f. Hence, the LPC domain at the output of 510 can represent either the LPC
excitation signal or the LPC weighted signal or any other LPC domain signal.

In the second encoding branch (ACELP/TCX) of Fig. 2a or 2c, the signal is preterably pre-
emphasized through a filter 1-0.68z"" before encoding. At the ACELP/TCX decoder in
Fig. 2b the synthesized signal is deemphasized with the filter 1/1-0.68z7"). The
preemphasis can be part of the LPC block 510 where the signal is preemphasized betore

LPC analysis and quantization. Similarly, deemphasis can be part of the LPC synthesis
block LPC™' 540.
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Fig. 2¢ illustrates a further embodiment for the implementation of Fig. 2a, but with a
different arrangement of the switch 521 s<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>