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STEREO AUDIO ENCODER AND DECODER

Technical Field of the Invention

The disclosure herein generally relates to stereo audio coding. In particular it
relates to a decoder and an encoder for hybrid coding comprising a downmix and
discrete stereo coding.

Background of the Invention

In conventional stereo audio coding, possible coding schemes include
parametric stereo coding techniques which are used in low bitrate applications. At
intermediate rates, Left/Right (L/R) or Mid/Side (M/S) waveform stereo coding is
often used. The existing distribution formats and the associated coding techniques
may be improved from the point of view of their bandwidth efficiency, especially in
applications with a bitrate in between the low bitrate and the intermediate bitrate.

An attempt to improve the efficiency of the audio distribution in a stereo audio
system is made in the Unified Speech and Audio Coding (USAC) standard. The
USAC standard introduces a low bandwidth waveform-coding based stereo coding in
combination with parametric stereo coding techniques. However, the solution
proposed by USAC uses the parametric stereo parameters to guide the stereo
coding in the modified discrete cosine transform (MDCT) domain in order to do
something more efficient than plain M/S or L/R coding. The drawback with the
solution is that it may be difficult to get the best out of the low bandwidth waveform
based stereo coding in the MDCT domain based on parametric stereo parameters
extracted and calculated in a Quadrature Mirror Filters (QMF) domain.

In view of the above, further improvement may be needed to solve or at least
reduce one or several of the drawbacks discussed above.

Brief Description of the Drawings

Example embodiments will now be described with reference to the
accompanying drawings, on which:

figure 1 is a generalized block diagram of a decoding system in accordance
with an example embodiment;

figure 2 illustrates a first part of the decoding system in fig 1;
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figure 3 illustrates a second part of the decoding system in fig 1;

figure 4 illustrates a third part of the decoding system in fig 1;

figure 5 is a generalized block diagram of an encoding system in accordance
with a first example embodiment;

figure 6 is a generalized block diagram of an encoding system in accordance
with a second example embodiment;

All the figures are schematic and generally only show parts which are
necessary in order to elucidate the disclosure, whereas other parts may be omitted
or merely suggested. Unless otherwise indicated, like reference numerals refer to
like parts in different figures.

Detailed Description

I. Overview — Decoder

As used herein, left-right coding or encoding means that the left (L) and right
(R) stereo signals are coded without performing any transformation between the
signals.

As used herein, sum-and difference coding or encoding means that the sum
M of the left and right stereo signals are coded as one signal (sum) and the
difference S between the left and right stereo signal are coded as one signal
(difference). The sum-and-difference coding may also be called mid-side coding. The
relation between the left-right form and the sum-difference form is thus M=L+R and
S=L-R. It may be noted that different normalizations or scaling are possible when
transforming left and right stereo signals into the sum-and difference form and vice
versa, as long as the transforming in both direction matches. In this disclosure,
M=L+R and S=L-R is primarily used, but a system using a different scaling, e.g.
M=(L+R)/2 and S=(L-R)/2 works equally well.

As used herein, downmix-complementary (dmx/comp) coding or encoding
means subjecting the left and right stereo signal to a matrix multiplication depending
on a weighting parameter a prior to coding. The dmx/comp coding may thus also be
called dmx/comp/a coding. The relation between the downmix-complementary form,
the left-right form, and the sum-difference form is typically dmx = L+R = M, and comp
= (1-a)L - (1+a)R = -aM+S. Notably, the downmix signal in the downmix-

complementary representation is thus equivalent to the sum signal M of the sum-
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and-difference representation.

As used herein, an audio signal may be a pure audio signal, an audio part of
an audiovisual signal or multimedia signal or any of these in combination with
metadata.

According to a first aspect, example embodiments propose methods, devices
and computer program products, for decoding a stereo channel audio signal based
on an input signal. The proposed methods, devices and computer program products
may generally have the same features and advantages.

According to example embodiments, a decoder for decoding two audio signals
is provided. The decoder comprises a receiving stage configured to receive a first
signal and a second signal corresponding to a time frame of the two audio signals,
wherein the first signal comprises a first waveform-coded signal comprising spectral
data corresponding to frequencies up to a first cross-over frequency and a
waveform-coded downmix signal comprising spectral data corresponding to
frequencies above the first cross-over frequency, and wherein the second signal
comprises a second waveform-coded signal comprising spectral data corresponding
to frequencies up to the first cross-over frequency;

The decoder further comprises a mixing stage downstream of the receiving
stage. The mixing stage is configured to check whether the first and the second
signal waveform-coded signal are in a sum-and-difference form for all frequencies up
to the first cross-over frequency, and if not, to transform the first and the second
waveform-coded signal into a sum-and-difference form such that the first signal is a
combination of a waveform-coded sum-signal comprising spectral data
corresponding to frequencies up to the first cross-over frequency and the waveform-
coded downmix signal comprising spectral data corresponding to frequencies above
the first cross-over frequency, and the second signal comprises a waveform-coded
difference-signal comprising spectral data corresponding to frequencies up to the
first cross-over frequency.

The decoder further comprises an upmixing stage downstream of the mixing
stage configured to upmix the first and the second signal so as to generate a left and
a right channel of a stereo signal, wherein for frequencies below the first cross-over
frequency the upmixing stage is configured to perform an inverse sum-and-
difference transformation of the first and the second signal, and for frequencies
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above the first cross-over frequency the upmixing stage is configured to perform
parametric upmixing of the downmix signal of the first signal.

An advantage of having the lower frequencies purely waveform-coded, i.e. a
discrete representation of the stereo audio signal, may be that the human ear is
more sensitive to the part of the audio having low frequencies. By coding this part
with a better quality, the overall impression of the decoded audio may increase.

An advantage of having a parametric stereo coded part of the first signal, i.e.
the waveform-coded downmix signal, and the mentioned discrete representation of
the stereo audio signal is that this may improve the quality of the decoded audio
signal for certain bit rates compared to using a conventional parametric stereo
approach. At bitrates around 32-40 kilobits per second (kbps), the parametric stereo
model may saturate, i.e. the quality of the decoded audio signal is limited by the
shortcomings of the parametric model and not by lack of bits for coding.
Consequently, for bitrates from around 32 kbps, it may be more beneficial to use bits
on waveform-coding lower frequencies. At the same time, the hybrid approach of
using both the parametric stereo coded part of the first signal and the discrete
representation of the distributed stereo audio signal is that this may improve the
quality of the decoded audio for certain bitrates, for example below 48 kbps,
compared to using an approach where all bits are used on waveform-coding lower
frequencies and using spectral band replication (SBR) for the remaining frequencies.

The decoder is thus advantageously used for decoding a two channel stereo
audio signal.

According to another embodiment, the transforming of the first and the second
waveform-coded signal into a sum-and-difference form in the mixing stage is
performed in an overlapping windowed transform domain. The overlapping
windowed transform domain may for example be a Modified Discrete Cosine
Transform (MDCT) domain. This may be advantageous since the transformation of
other available audio distributions formats, such as a left/right form or a dmx/comp-
form, into the sum-and-difference form is easy to achieve in the MDCT domain.
Consequently, the signals may be encoded using different formats for at least a
subset of the frequencies below the first cross-over frequency depending on the
characteristics of the signal being encoded. This may allow for an improved coding
quality and coding efficiency.
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According to yet another embodiment, the upmixing of the first and the second
signal in the upmixing stage is performed in a Quadrature Mirror Filters, QMF,
domain. The upmixing is performed so as to generate a left and a right stereo signal.

According to another embodiment, the waveform-coded downmix signal
comprises spectral data corresponding to frequencies between the first cross-over
frequency and a second cross-over frequency. High frequency reconstruction (HFR)
parameters are received by the decoder, for example at the receiving stage and then
sent to a high frequency reconstruction stage for extending the downmix signal of the
first signal to a frequency range above the second cross-over frequency by
performing high frequency reconstruction using the high frequency reconstruction
parameters. The high frequency reconstruction may for example comprise
performing spectral band replication, SBR.

An advantage of having a waveform-coded downmix signal that only
comprises spectral data corresponding to frequencies between the first cross-over
frequency and a second cross-over frequency is that the required bit transmission
rate for the stereo system may be decreased. Alternatively, the bits saved by having
a band pass filtered downmix signal are used on waveform-coding lower
frequencies, for example the quantization for those frequencies may be finer or the
first cross-over frequency may be increased.

Since, as mentioned above, the human ear is more sensitive to the part of the
audio signal having low frequencies, high frequencies, such as the part of the audio
signal having frequencies above the second cross-over frequency, may be recreated
by high frequency reconstruction without reducing the perceived audio quality of the
decoded audio signal.

According to a further embodiment the downmix signal of the first signal is
extended to a frequency range above the second cross-over frequency prior to the
upmixing of the first and the second signal is performed. This may be advantageous
since the upmixing stage will have and input sum-signal with spectral data
corresponding to all frequencies.

According to a further embodiment the downmix signal of the first signal is
extended to a frequency range above the second cross-over frequency after
transforming the first and the second waveform-coded signal into a sum-and-
difference form. This may be advantageous since given that the downmix signal
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corresponds to the sum-signal in the sum-and-difference representation, the high
frequency reconstruction stage will have an input signal with spectral data
corresponding to frequencies up to the second cross-over frequency represented in
the same form, i.e. in the sum-form.

According to another embodiment, the upmixing in the upmixing stage is done
with use of upmix parameters. The upmix parameters are received by the decoder,
for example at the receiving stage and sent to the upmixing stage. A decorrelated
version of the downmix signal is generated and the downmix signal and the
decorrelated version of the downmix signal are subjected to a matrix operation. The
parameters of the matrix operation are given by the upmix parameters.

According to a further embodiment, the first and the second waveform coded
signal, received at the receiving stage, are waveform-coded in a left-right form, a
sum-difference form and/or a downmix-complementary form wherein the
complementary signal depends on a weighting parameter a being signal adaptive.
The waveform-coded signals may thus be coded on different forms depending on the
characteristics of the signals and still be decodable by the decoder. This may allow
for an improved coding quality and thus an improved quality of the decoded audio
stereo signal given a certain bitrate of the system. In a further embodiment, the
weighting parameter a is real-valued. This may simplify the decoder since no extra
stage approximating the imaginary part of the signal is needed. A further advantage
is that the computational complexity of the decoder may be decreased which may
also lead to a decreased decoding delay/latency of the decoder.

According to yet another embodiment, the first and the second waveform
coded signal, received at the receiving stage, are waveform-coded in a sum-
difference form. This means that the first and the second signal can be coded using
overlapping windowed transforms with independent windowing for the first and the
second signal, respectively, and still be decodable by the decoder. This may allow
for an improved coding quality and thus an improved quality of the decoded audio
stereo signal given a certain bitrate of the system. For example, if a transient is
detected in the sum signal but not in the difference signal, the waveform coder may
code the sum signal with shorter windows while for the difference signal, the longer
default windows may be kept. This may provide higher coding efficiency compared to

if the side signal also was coded with the shorter window sequence.
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Il. Overview - Encoder

According to a second aspect, example embodiments propose methods,
devices and computer program products for encoding a stereo channel audio signal
based on an input signal.

The proposed methods, devices and computer program products may
generally have the same features and advantages.

Advantages regarding features and setups as presented in the overview of the
decoder above may generally be valid for the corresponding features and setups for
the encoder.

According to the example embodiments, an encoder for encoding two audio
signals is provided. The encoder comprises a receiving stage configured to receive a
first signal and a second signal, corresponding to a time frame of the two signals, to
be encoded.

The encoder further comprises a transforming stage configured to receive the
first and the second signal from the receiving stage and to transform them into a first
transformed signal being a sum signal and a second transformed signal being a
difference signal.

The encoder further comprises a waveform-coding stage configured to receive
the first and the second transformed signal from the transforming stage and to
waveform-code them into a first and a second waveform-coded signal, respectively,
wherein for frequencies above a first cross-over frequency the waveform-coding
stage is configured to waveform-code the first transformed signal , and wherein for
frequencies up to the first cross-over frequency the waveform-coding stage is
configured to waveform-code the first and the second transformed signal.

The encoder further comprises a parametric stereo encoding stage configured
to receive the first and the second signal from the receiving stage and to subject the
first and the second signal to parametric stereo encoding in order to extract
parametric stereo parameters enabling reconstruction of spectral data of the first and
the second signal for frequencies above the first cross-over frequency;

The encoder further comprises a bitstream generating stage configured to
receive the first and the second waveform-coded signal from the waveform-coding
stage and the parametric stereo parameters from the parametric stereo encoding
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stage, and to generate a bit-stream comprising the first and the second waveform-
coded signal and the parametric stereo parameters.

According to another embodiment, the transforming of the first and the second
signal in the transforming stage is performed in the time domain.

According to another embodiment, for at least a subset of the frequencies
below the first cross-over frequency, the encoder may transform the first and the
second waveform-coded signal into a left/right form by performing an inverse sum-
and difference transformation.

According to another embodiment, for at least a subset of the frequencies
below the first cross-over frequency, the encoder may transform the first and the
second waveform-coded signal into a downmix/complementary form by performing a
matrix operation on the first and the second waveform-coded signals, the matrix
operation depending on a weighting parameter a. The weighting parameter a may
then be included in the bitstream in bitstream generating stage.

According to yet another embodiment, for frequencies above the first cross-
over frequency, waveform-coding the first and the second transformed signal in the
transforming stage comprises waveform-coding the first transformed signal for
frequencies between the first cross-over frequency and a second cross-over
frequency and setting the first waveform-coded signal to zero above the second
cross-over frequency. A downmix signal of the first signal and the second signal may
then be subjected to a high frequency reconstruction encoding in a high frequency
reconstruction stage in order to generate high frequency reconstruction parameters
enabling high frequency reconstruction of the downmix signal. The high frequency
reconstruction parameters may then be included in the bitstream in the bitstream
generating stage.

According to a further embodiment, downmix signal is calculated based on the
first and the second signal.

According to another embodiment, subjecting the first and the second signal
to parametric stereo encoding in the parametric stereo encoding stage is performed
by first transforming the first and the second signal into a first transformed signal
being a sum signal and a second transformed signal being a difference signal, and

then subjecting the first and the second transformed signal to parametric stereo
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encoding, wherein the downmix signal being subject to high frequency reconstruction
encoding is the first transformed signal.

I1l. Example Embodiments

Figure 1 is a generalized block diagram of a decoding system 100 comprising
three conceptual parts 200, 300, 400 that will be explained in greater detail in
conjunction with fig 2-4 below. In first conceptual part 200, a bit stream is received
and decoded into a first and a second signal. The first signal comprises both a first
waveform-coded signal comprising spectral data corresponding to frequencies up to
a first cross-over frequency and a waveform-coded downmix signal comprising
spectral data corresponding to frequencies above the first cross-over frequency. The
second signal only comprises a second waveform-coded signal comprising spectral
data corresponding to frequencies up to the first cross-over frequency.

In the second conceptual part 300, in case the waveform-coded parts of the
first and second signal is not in a sum-and-difference form, e.g. in an M/S form, the
waveform-coded parts of the first and second signal are transformed to the sum-and-
difference form. After that, the first and the second signal are transformed into the
time domain and then into the Quadrature Mirror Filters, QMF, domain. In the third
conceptual part 400, the first signal is high frequency reconstructed (HFR). Both the
first and the second signal is then upmixed to create a left and a right stereo signal
output having spectral coefficients corresponding to the entire frequency band of the
encoded signal being decoded by the decoding system 100.

Figure 2 illustrates the first conceptual part 200 of the decoding system 100 in
figure 1. The decoding system 100 comprises a receiving stage 212. In the receiving
stage 212, a bit stream frame 202 is decoded and dequantizing into a first signal
204a and a second signal 204b. The bit stream frame 202 corresponds to a time
frame of the two audio signals being decoded. The first signal 204a comprises a first
waveform-coded signal 208 comprising spectral data corresponding to frequencies
up to a first cross-over frequency k, and a waveform-coded downmix signal 206
comprising spectral data corresponding to frequencies above the first cross-over
frequency ky. By way of example, the first cross-over frequency ky is 1.1 kHz.

According to some embodiments, the waveform-coded downmix signal 206

comprises spectral data corresponding to frequencies between the first cross-over
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frequency ky and a second cross-over frequency kx. By way of example, the second
cross-over frequency Ky lies within the range of is 5.6-8 kHz.

The received first and second wave-form coded signals 208, 210 may be
waveform-coded in a left-right form, a sum-difference form and/or a downmix-
complementary form wherein the complementary signal depends on a weighting
parameter a being signal adaptive. The waveform-coded downmix signal 206
corresponds to a downmix suitable for parametric stereo which, according to the
above, corresponds to a sum form. However, the signal 204b has no content above
the first cross-over frequency k,. Each of the signals 206, 208, 210 is represented in
a modified discrete cosine transform (MDCT) domain.

Figure 3 illustrates the second conceptual part 300 of the decoding system
100 in figure 1. The decoding system 100 comprises a mixing stage 302. The design
of the decoding system 100 requires that the input to the high frequency
reconstruction stage, which will be described in greater detail below, needs to be in a
sum-format. Consequently, the mixing stage is configured to check whether the first
and the second signal waveform-coded signal 208, 210 are in a sum-and-difference
form. If the first and the second signal waveform-coded signal 208, 210 are notin a
sum-and-difference form for all frequencies up to the first cross-over frequency ky,
the mixing stage 302 will transform the entire waveform-coded signal 208, 210 into a
sum-and-difference form. In case at least a subset of the frequencies of the input
signals 208, 210 to the mixing stage 302 is in a downmix-complementary form, the
weighting parameter a is required as an input to the mixing stage 302. It may be
noted that the input signals 208, 210 may comprise several subset of frequencies
coded in a downmix-complementary form and that in that case each subset does not
have to be coded with use of the same value of the weighting parameter a. In this
case, several weighting parameters a are required as an input to the mixing stage
302.

As mentioned above, the mixing stage 302 always output a sum-and-
difference representation of the input signals 204a-b. To be able to transform signals
represented in the MDCT domain into the sum-and-difference representation, the
windowing of the MDCT coded signals need to be the same. This implies that, in
case the first and the second signal waveform-coded signal 208, 210 are in a L/R or

downmix-complementary form, the windowing for the signal 204a and the windowing

- 10 -
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for the signal 204b cannot be independent

Consequently, in case the first and the second signal waveform-coded signal
208, 210 is in a sum-and-difference form, the windowing for the signal 204a and the
windowing for the signal 204b may be independent.

After the mixing stage 302, the sum-and-difference signal is transformed into
the time domain by applying an inverse modified discrete cosine transform (MDCT'1)
312.

The two signals 304a-b are then analyzed with two QMF banks 314. Since the
downmix signal 306 does not comprise the lower frequencies, there is no need of
analyzing the signal with a Nyquist filterbank to increase frequency resolution. This
may be compared to systems where the downmix signal comprises low frequencies,
e.g. conventional parametric stereo decoding such as MPEG-4 parametric stereo. In
those systems, the downmix signal needs to be analyzed with the Nyquist filterbank
in order to increases the frequency resolution beyond what is achieved by a QMF
bank and thus better match the frequency selectivity of the human auditory system,
as e.g. represented by the Bark frequency scale.

The output signal 304 from the QMF banks 314 comprises a first signal 304a
which is a combination of a waveform-coded sum-signal 308 comprising spectral
data corresponding to frequencies up to the first cross-over frequency ky and the
waveform-coded downmix signal 306 comprising spectral data corresponding to
frequencies between the first cross-over frequency k, and the second cross-over
frequency ky. The output signal 304 further comprises a second signal 304b which
comprises a waveform-coded difference-signal 310 comprising spectral data
corresponding to frequencies up to the first cross-over frequency ky. The signal 304b
has no content above the first cross-over frequency k.

As will be described later on, a high frequency reconstruction stage 416
(shown in conjunction with fig. 4) uses the lower frequencies, i.e. the first waveform-
coded signal 308 and the waveform-coded downmix signal 306 from the output
signal 304, for reconstructing the frequencies above the second cross-over
frequency ky. It is advantageous that the signal on which the high frequency
reconstruction stage 416 operates on is a signal of similar type across the lower
frequencies. From this perspective it is advantageous to have the mixing stage 302
to always output a sum-and-difference representation of the first and the second

- 11 -
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signal waveform-coded signal 208, 210 since this implies that the first waveform-
coded signal 308 and the waveform-coded downmix signal 306 of the outputted first
signal 304a are of similar character.

Figure 4 illustrates the third conceptual part 400 of the decoding system 100
in figure 1. The high frequency reconstruction (HRF) stage 416 is extending the
downmix signal 306 of the first signal input signal 304a to a frequency range above
the second cross-over frequency kx by performing high frequency reconstruction.
Depending on the configuration of the HFR stage 416, the input to the HFR stage
416 is the entire signal 304a or the just the downmix signal 306. The high frequency
reconstruction is done by using high frequency reconstruction parameters which may
be received by high frequency reconstruction stage 416 in any suitable way.
According to an embodiment, the performed high frequency reconstruction
comprises performing spectral band replication, SBR.

The output from the high frequency reconstruction stage 314 is a signal 404
comprising the downmix signal 406 with the SBR extension 412 applied. The high
frequency reconstructed signal 404 and the signal 304b is then fed into an upmixing
stage 420 so as to generate a left L and a right R stereo signal 412a-b. For the
spectral coefficients corresponding to frequencies below the first cross-over
frequency ky the upmixing comprises performing an inverse sum-and-difference
transformation of the first and the second signal 408, 310. This simply means going
from a mid-side representation to a left-right representation as outlined before. For
the spectral coefficients corresponding to frequencies over to the first cross-over
frequency ky, the downmix signal 406 and the SBR extension 412 is fed through a
decorrelator 418. The downmix signal 406 and the SBR extension 412 and the
decorrelated version of the downmix signal 406 and the SBR extension 412 is then
upmixed using parametric mixing parameters to reconstruct the left and the right
cannels 416, 414 for frequencies above the first cross-over frequency k,. Any
parametric upmixing procedure known in the art may be applied.

It should be noted that in the above exemplary embodiment 100 of the
encoder, shown in figures 1-4, high frequency reconstruction is needed since the first
received signal 204a only comprises spectral data corresponding to frequencies up
to the second cross-over frequency k. In further embodiments, the first received
signal comprises spectral data corresponding to all frequencies of the encoded

-12-
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signal. According to this embodiment, high frequency reconstruction is not needed.
The person skilled in the art understands how to adapt the exemplary encoder 100 in
this case.

Figure 5 shows by way of example a generalized block diagram of an
encoding system 500 in accordance with an embodiment.

In the encoding system, a first and second signal 540, 542 to be encoded are
received by a receiving stage (not shown). These signals 540, 542 represent a time
frame of the left 540 and the right 542 stereo audio channels. The signals 540, 542
are represented in the time domain. The encoding system comprises a transforming
stage 510. The signals 540, 542 are transformed into a sum-and-difference format
544, 546 in the transforming stage 510.

The encoding system further comprising a waveform-coding stage 514
configured to receive the first and the second transformed signal 544, 546 from the
transforming stage 510. The waveform-coding stage typically operates in a MDCT
domain. For this reason, the transformed signals 544, 546 are subjected to a MDCT
transform 512 prior to the waveform-coding stage 514. In the waveform-coding
stage, the first and the second transformed signal 544, 546 are waveform-coded into
a first and a second waveform-coded signal 518, 520, respectively.

For frequencies above a first cross-over frequency ky, the waveform-coding
stage 514 is configured to waveform-code the first transformed signal 544 into a
waveform-code signal 552 of the first waveform-coded signal 518. The waveform-
coding stage 514 may be configured to set the second waveform-coded signal 520
to zero above the first cross-over frequency ky or to not encode theses frequencies
at all. For frequencies above the first cross-over frequency ky, the waveform-coding
stage 514 is configured to waveform-code the first transformed signal 544 into a
waveform-coded signal 552 of the first waveform-coded signal 518..

For frequencies below the first cross-over frequency ky, , a decision is made in
the waveform-coding stage 514 on what kind of stereo coding to use for the two
signals 548, 550. Depending on the characteristics of the transformed signals 544,
546 below the first cross-over frequency ky, different decisions can be made for
different subsets of the waveform-coded signal 548, 550. The coding can either be
Left/Right coding, Mid/Side coding, i.e. coding the sum and difference, or
dmx/comp/a coding. In the case the signals 548, 550 are waveform-coded by a sum-
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and-difference coding in the waveform-coding stage 514, the waveform-coded
signals 518, 520 may be coded using overlapping windowed transforms with
independent windowing for the signals 518, 520, respectively.

An exemplary first cross-over frequency ky is 1.1 kHz, but this frequency may
be varied depending on the bit transmission rate of the stereo audio system or
depending on the characteristics of the audio to be encoded.

At least two signals 518, 520 are thus outputted from the waveform-coding
stage 514. In the case one or several subsets, or the entire frequency band, of the
signals below the first cross over frequency ky are coded in a
downmix/complementary form by performing a matrix operation, depending on the
weighting parameter a, this parameter is also outputted as a signal 522. In the case
of several subsets being encoded in a downmix/complementary form, each subset
does not have to be coded with use of the same value of the weighting parameter a.
In this case, several weighting parameters are outputted as the signal 522.

These two or three signals 518, 520, 522, are encoded and quantized 524 into
a single composite signal 558.

To be able to reconstruct the spectral data of the first and the second signal
540, 542 for frequencies above the first cross-over frequency on a decoder side,
parametric stereo parameters 536 needs to be extracted from the signals 540, 542.
For this purpose the encoder 500 comprises a parametric stereo (PS) encoding
stage 530. The PS encoding stage 530 typically operates in a QMF domain.
Therefore, prior to being input to the PS encoding stage 530, the first and second
signals 540, 542 are transformed to a QMF domain by a QMF analysis stage 526.
The PS encoder stage 530 is adapted to only extract parametric stereo parameters
536 for frequencies above the first cross-over frequency k.

It may be noted that the parametric stereo parameters 536 are reflecting the
characteristics of the signal being parametric stereo encoded. They are thus
frequency selective, i.e. each parameter of the parameters 536 may correspond to a
subset of the frequencies of the left or the right input signal 540, 542.The PS
encoding stage 530 calculates the parametric stereo parameters 536 and quantizes
these either in a uniform or a non-uniform fashion. The parameters are as mentioned
above calculated frequency selective, where the entire frequency range of the input
signals 540, 542 is divided into e.g. 15 parameter bands. These may be spaced
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according to a model of the frequency resolution of the human auditory system, e.g.
a bark scale.

In the exemplary embodiment of the encoder 500 shown in figure 5, the
waveform-coding stage 514 is configured to waveform-code the first transformed
signal 544 for frequencies between the first cross-over frequency k, and a second
cross-over frequency ky and setting the first waveform-coded signal 518 to zero
above the second cross-over frequency ky. This may be done to further reduce the
required transmission rate of the audio system in which the encoder 500 is a part. To
be able to reconstruct the signal above the second cross-over frequency ky, high
frequency reconstruction parameters 538 needs to be generated. According to this
exemplary embodiment, this is done by downmixing the two signals 540, 542,
represented in the QMF domain, at a downmixing stage 534. The resulting downmix
signal, which for example is equal to the sum of the signals 540, 542, is then
subjected to high frequency reconstruction encoding at a high frequency
reconstruction, HFR, encoding stage 532 in order to generate the high frequency
reconstruction parameters 538. The parameters 538 may for example include a
spectral envelope of the frequencies above the second cross-over frequency k,
noise addition information etc. as well known to the person skilled in the art.

An exemplary second cross-over frequency ky is 5.6-8 kHz, but this frequency
may be varied depending on the bit transmission rate of the stereo audio system or
depending on the characteristics of the audio to be encoded.

The encoder 500 further comprises a bitstream generating stage, i.e.
bitstream multiplexer, 524. According to the exemplary embodiment of the encoder
500, the bitstream generating stage is configured to receive the encoded and
quantized signal 544, and the two parameters signals 536, 538. These are
converted into a bitstream 560 by the bitstream generating stage 562, to further be
distributed in the stereo audio system.

According to another embodiment, the waveform-coding stage 514 is
configured to waveform-code the first transformed signal 544 for all frequencies
above the first cross-over frequency ky. In this case, the HFR encoding stage 532 is
not needed and consequently no high frequency reconstruction parameters 538 are
included in the bit-stream.

Figure 6 shows by way of example a generalized block diagram of an encoder
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system 600 in accordance with another embodiment. This embodiment differs from
the embodiment shown in figure 5 in that the signals 544, 546 which are transformed
by the QMF analysis stage 526 are in a sum-and-difference format. Consequently,
there is no need for a separate downmixing stage 534 since the sum signal 544 is
already in the form of a downmix signal. The SBR encoding stage 532 thus only
needs to operate on the sum-signal 544 to extract the high frequency reconstruction
parameters 538. The PS encoder 530 is adapted to operate on both the sum-signal
544 and the difference-signal 546 to extract the parametric stereo parameters 536.

Equivalents, Extensions, Alternatives and Miscellaneous

Further embodiments of the present disclosure will become apparent to a
person skilled in the art after studying the description above. Even though the
present description and drawings disclose embodiments and examples, the
disclosure is not restricted to these specific examples. Numerous modifications and
variations can be made without departing from the scope of the present disclosure,
which is defined by the accompanying claims. Any reference signs appearing in the
claims are not to be understood as limiting their scope.

Additionally, variations to the disclosed embodiments can be understood and
effected by the skilled person in practicing the disclosure, from a study of the
drawings, the disclosure, and the appended claims. In the claims, the word
"comprising" does not exclude other elements or steps, and the indefinite article "a"
or "an" does not exclude a plurality. The mere fact that certain measures are recited
in mutually different dependent claims does not indicate that a combination of these
measured cannot be used to advantage.

The systems and methods disclosed hereinabove may be implemented as
software, firmware, hardware or a combination thereof. In a hardware
implementation, the division of tasks between functional units referred to in the
above description does not necessarily correspond to the division into physical units;
to the contrary, one physical component may have multiple functionalities, and one
task may be carried out by several physical components in cooperation. Certain
components or all components may be implemented as software executed by a
digital signal processor or microprocessor, or be implemented as hardware or as an
application-specific integrated circuit. Such software may be distributed on computer
readable media, which may comprise computer storage media (or non-transitory
media) and communication media (or transitory media). As is well known to a person
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skilled in the art, the term computer storage media includes both volatile and
nonvolatile, removable and non-removable media implemented in any method or
technology for storage of information such as computer readable instructions, data
structures, program modules or other data. Computer storage media includes, but is
not limited to, RAM, ROM, EEPROM, flash memory or other memory technology,
CD-ROM, digital versatile disks (DVD) or other optical disk storage, magnetic
cassettes, magnetic tape, magnetic disk storage or other magnetic storage devices,
or any other medium which can be used to store the desired information and which
can be accessed by a computer. Further, it is well known to the skilled person that
communication media typically embodies computer readable instructions, data
structures, program modules or other data in a modulated data signal such as a
carrier wave or other transport mechanism and includes any information delivery
media.
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CLAIMS

1. A decoding method for decoding two audio signals, comprising the steps of:

receiving a first signal and a second signal corresponding to a time frame of
the two audio signals, wherein the first signal comprises a first waveform-coded
signal comprising spectral data corresponding to frequencies up to a first cross-over
frequency and a waveform-coded downmix signal comprising spectral data
corresponding to frequencies above the first cross-over frequency, and wherein the
second signal comprises a second waveform-coded signal comprising spectral data
corresponding to frequencies up to the first cross-over frequency;

if the first and the second waveform-coded signal are not in a sum-and-
difference form for all frequencies up to the first cross-over frequency, transforming
the first and the second waveform-coded signal into a sum-and-difference form such
that the first signal is a combination of a waveform-coded sum-signal comprising
spectral data corresponding to frequencies up to the first cross-over frequency and
the waveform-coded downmix signal comprising spectral data corresponding to
frequencies above the first cross-over frequency, and the second signal comprises a
waveform-coded difference-signal comprising spectral data corresponding to
frequencies up to the first cross-over frequency; and

upmixing the first and the second signal so as to generate a left and a right
channel of a stereo signal, wherein for frequencies below the first cross-over
frequency the upmixing comprises performing an inverse sum-and-difference
transformation of the first and the second signal, and for frequencies above the first
cross-over frequency the upmixing comprises performing parametric upmixing of the

downmix signal of the first signal.
2. The decoding method of claim 1, wherein the step of transforming the first and
the second waveform-coded signal into a sum-and-difference form is performed in

an overlapping windowed transform domain.

3. The decoding method of claim 2, wherein the overlapping windowed transform

domain is a Modified Discrete Cosine Transform, MDCT, domain.
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4. The decoding method of any of the preceding claims, wherein the step of
upmixing the first and the second signal so as to generate a left and a right stereo

signal is performed in a Quadrature Mirror Filters, QMF, domain.

5. The decoding method of any of the preceding claims, wherein the waveform-
coded downmix signal comprises spectral data corresponding to frequencies
between the first cross-over frequency and a second cross-over frequency, the
method further comprising:

receiving high frequency reconstruction parameters; and

extending the downmix signal of the first signal to a frequency range above
the second cross-over frequency by performing high frequency reconstruction using
the high frequency reconstruction parameters.

6. The decoding method of claim 5, wherein the step of extending the downmix
signal of the first signal to a frequency range above the second cross-over frequency
by performing high frequency reconstruction comprises performing spectral band
replication, SBR.

7. The decoding method of any one of claims 5 or 6, wherein the step of
extending the downmix signal of the first signal to a frequency range above the
second cross-over frequency is performed prior to the step of upmixing the first and
the second signal.

8. The decoding method of any one of claims 5-7, wherein the step of extending the
downmix signal of the first signal to a frequency range above the second cross-over
frequency is performed after the step of transforming the first and the second

waveform-coded signal into a sum-and-difference form.

9. The decoding method of any of the preceding claims, wherein the step of
parametric upmixing of the downmix signal of the first signal comprises:

receiving upmix parameters;

generating a decorrelated version of the downmix signal; and

subjecting the downmix signal and the decorrelated version of the downmix
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signal to a matrix operation, wherein the parameters of the matrix operation are

given by the upmix parameters.

10. The decoding method of any of the preceding claims, wherein the first and the
second wave-form coded signal as received are waveform-coded in a left-right form,
a sum-difference form and/or a downmix-complementary form wherein the

complementary signal depends on a weighting parameter a being signal adaptive.

11.  The decoding method of claim 10, wherein the weighting parameter a is real-

valued.

12. The decoding method of claim 10, wherein the first and the second waveform-
coded signal as received are waveform-coded in a sum-difference form, and wherein
the first and the second signal are coded using overlapping windowed transforms

with independent windowing for the first and the second signal, respectively.

13. A computer program product comprising a computer-readable medium with
instructions for performing the method of any of the preceding claims.

14. A decoder for decoding two audio signals, comprising

a receiving stage configured to receive a first signal and a second signal
corresponding to a time frame of the two audio signals, wherein the first signal
comprises a first waveform-coded signal comprising spectral data corresponding to
frequencies up to a first cross-over frequency and a waveform-coded downmix signal
comprising spectral data corresponding to frequencies above the first cross-over
frequency, and wherein the second signal comprises a second waveform-coded
signal comprising spectral data corresponding to frequencies up to the first cross-
over frequency;

a mixing stage downstream of the receiving stage being configured to check
whether the first and the second signal waveform-coded signal are in a sum-and-
difference form for all frequencies up to the first cross-over frequency, and if not, to
transform the first and the second waveform-coded signal into a sum-and-difference
form such that the first signal is a combination of a waveform-coded sum-signal
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comprising spectral data corresponding to frequencies up to the first cross-over
frequency and the waveform-coded downmix signal comprising spectral data
corresponding to frequencies above the first cross-over frequency, and the second
signal comprises a waveform-coded difference-signal comprising spectral data
corresponding to frequencies up to the first cross-over frequency; and

an upmixing stage downstream of the mixing stage configured to upmix the first and
the second signal so as to generate a left and a right channel of a stereo signal,
wherein for frequencies below the first cross-over frequency the upmixing stage is
configured to perform an inverse sum-and-difference transformation of the first and
the second signal, and for frequencies above the first cross-over frequency the
upmixing stage is configured to perform parametric upmixing of the downmix signal

of the first signal.

15.  An encoding method for encoding two audio signals, comprising the steps of:

receiving a first signal and a second signal, corresponding to a time frame of
the two audio signals, to be encoded;

transforming the first and the second signal into a first transformed signal
being a sum signal and a second transformed signal being a difference signal,

waveform-coding the first and the second transformed signal into a first and a
second waveform-coded signal, respectively, wherein for frequencies above a first
cross-over frequency the waveform-coding comprises waveform-coding the first
transformed signal, and wherein for frequencies up to the first cross-over frequency
the waveform-coding comprises waveform-coding the first and the second
transformed signal;

subjecting the first and the second signal to parametric stereo encoding in
order to extract parametric stereo parameters enabling reconstruction of spectral
data of the first and the second signal for frequencies above the first cross-over
frequency;

generating a bit-stream comprising the first and the second waveform-coded
signal and the parametric stereo parameters.

16.  The encoding method of claim 15, wherein the step of transforming the first

and the second signal is performed in the time domain.
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17.  The encoding method of any one of claims 15-16, further comprising: for
at least a subset of the frequencies below the first cross-over frequency,
transforming the first and the second waveform-coded signal into a left/right form by

performing an inverse sum-and difference transformation.

18.  The encoding method of any one of claims 15-17, further comprising:

for at least a subset of the frequencies below the first cross-over frequency,
transforming the first and the second waveform-coded signal into a
downmix/complementary form by performing a matrix operation on the first and the
second waveform-coded signals, the matrix operation depending on a weighting
parameter a;

and including the weighting parameter a in the bitstream.

19. The encoding method of any one of claims 15-18, wherein

for frequencies above the first cross-over frequency the step of waveform-
coding the first and the second transformed signal comprises waveform-coding the
first transformed signal for frequencies between the first cross-over frequency and a
second cross-over frequency and setting the first waveform-coded signal to zero
above the second cross-over frequency; the method further comprising:

subjecting a downmix signal of the first signal and the second signal to high
frequency reconstruction encoding in order to generate high frequency
reconstruction parameters enabling high frequency reconstruction of the downmix
signal; and

including the high frequency reconstruction parameters in the bitstream.

20. The encoding method of claim 19, further comprising calculating the downmix

signal based on the first and the second signal.

21.  The encoding method of claim 19, wherein the step of subjecting the first and
the second signal to parametric stereo encoding is performed by first performing the
step of transforming the first and the second signal into a first transformed signal

being a sum signal and a second transformed signal being a difference signal, and
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then subjecting the first and the second transformed signal to parametric stereo
encoding, wherein the downmix signal being subject to high frequency reconstruction

encoding is the first transformed signal.

22. A computer program product comprising a computer-readable medium with
instructions for performing the method of any of the claims 15-21.

23. An encoder for encoding two audio signals, comprising:

a receiving stage configured to receive a first signal and a second signal,
corresponding to a time frame of the two audio signals, to be encoded,;

a transforming stage configured to receive the first and the second signal from
the receiving stage and to transform them into a first transformed signal being a sum
signal and a second transformed signal being a difference signal;

a waveform-coding stage configured to receive the first and the second
transformed signal from the transforming stage and to waveform-code them into a
first and a second waveform-coded signal, respectively, wherein for frequencies
above a first cross-over frequency the waveform-coding stage is configured to
waveform-code the first transformed signal, and wherein for frequencies up to the
first cross-over frequency the waveform-coding stage is configured to waveform-
code the first and the second transformed signal;

a parametric stereo encoding stage configured to receive the first and the
second signal from the receiving stage and to subject the first and the second signal
to parametric stereo encoding in order to extract parametric stereo parameters
enabling reconstruction of spectral data of the first and the second signal for
frequencies above the first cross-over frequency;

a bitstream generating stage configured to receive the first and the second
waveform-coded signal from the waveform-coding stage and the parametric stereo
parameters from the parametric stereo encoding stage, and to generate a bit-stream
comprising the first and the second waveform-coded signal and the parametric

stereo parameters.
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