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Sweet spot manipulation for a multi-channel signal

FIELD OF THE INVENTION
The invention relates to sweet-spot manipulation for a multi-channel signal
and in particular, but not exclusively, to sweet-spot manipulation for an MPEG Surround

sound multi-channel signal.

BACKGROUND OF THE INVENTION

Digital encoding of various source signals has become increasingly important
over the last decades as digital signal representation and communication increasingly has
replaced analogue representation and communication. For example, distribution of media
content, such as video and music, is increasingly based on digital content encoding.

Furthermore, in the last decade there has been a trend towards multi-channel
audio and specifically towards spatial audio extending beyond conventional sterco signals.
For example, traditional stereo recordings only comprise two channels whereas modern
advanced audio systems typically use five or six channels, as in the popular 5.1 surround
sound systems. This provides for a more involved listening experience where the user may be
surrounded by sound sources.

Various techniques and standards have been developed for communication of
such multi-channel signals. For example, six discrete channels representing a 5.1 surround
system may be transmitted in accordance with standards such as the Advanced Audio Coding
(AAC) or Dolby Digital standards.

However, in order to provide backwards compatibility, it is known to down-
mix the higher number of channels to a lower number and specifically it is frequently used to
down-mix a 5.1 surround sound signal to a sterco signal allowing a sterco signal to be
reproduced by legacy (stereo) decoders and a 5.1 signal by surround sound decoders.

One example is the MPEG2 backwards compatible coding method. A multi-
channel signal is down-mixed into a stereo signal. Additional signals are encoded in the
ancillary data portion allowing an MPEG?2 multi-channel decoder to generate a representation
of the multi-channel signal. An MPEG!1 decoder will disregard the ancillary data and thus

only decode the stereo down-mix. The main disadvantage of the coding method applied in



10

15

20

25

30

WO 2008/032255 PCT/IB2007/053631
2

MPEG?2? is that the additional data rate required for the additional signals is in the same order
of magnitude as the data rate required for coding the stereo signal. The additional bit rate for
extending stereo to multi-channel audio is therefore significant.

Other existing methods for backwards-compatible multi-channel transmission
without additional multi-channel information can typically be characterized as matrixed-
surround methods. Examples of matrix surround sound encoding include methods such as
Dolby Prologic Il and Logic-7. The common principle of these methods is that they matrix-
multiply the multiple channels of the input signal by a suitable non-quadratic matrix thereby
generating an output signal with a lower number of channels. Specifically, a matrix encoder
typically applies phase shifts to the surround channels prior to mixing them with the front and
center channels.

Another reason for a channel conversion is coding efficiency. It has been
found that ¢.g. surround sound audio signals can be encoded as stereo channel audio signals
combined with a parameter bit stream describing the spatial properties of the audio signal.
The decoder can reproduce the stereo audio signals with a very satisfactory degree of
accuracy. In this way, substantial bit rate savings may be obtained.

Thus, in (parametric) spatial audio (en)coders, parameters are extracted from
the original audio signal so as to produce an audio signal having a reduced number of
channels, for example only a single channel, plus a set of parameters describing the spatial
properties of the original audio signal. In (parametric) spatial audio decoders, the spatial
properties described by the transmitted spatial parameters are used to recreate the original
spatial multi-channel signal. There are several parameters which may be used to describe the
spatial properties of audio signals. One such parameter is the inter-channel cross-correlation,
such as the cross-correlation between the left channel and the right channel for sterco signals.
Another parameter is the power ratio of the channels.

A specific example of such a technique is the MPEG Surround approach for
efficiently coding multi-channel audio signals.

An MPEG Surround encoder down-mixes an M channel input signal to an N
channel down-mix signal where N < M, and extracts the spatial parameters. The down-mix
signal is typically encoded using a legacy encoder, such as e¢.g. an MP3 or AAC encoder. The
spatial parameters are encoded and embedded into the bit-stream in a backward compatible

way such that legacy decoders can still decode the underlying down-mix signal.
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In the MPEG Surround decoder, the down-mix signal is first decoded using a
legacy decoder. The multi-channel signal is then reconstructed by means of the spatial
parameters that are extracted from the bit-stream.

Apart from the typical multi-channel coding as described above, MPEG
Surround offers a rich set of additional features, ¢.g.:

- Non-guided decoding — the MPEG Surround decoder is able to create a multi-
channel up-mix of stereo signals when the spatial side information described above is not
available. In this mode, the decoder calculates the power ratio and correlation of the stereo
signal and these characteristics are used to obtain the required spatial parameters by table
lookup.

- Matrix Compatibility — the MPEG Surround encoder is able to generate a
down-mix that can be decoded using existing matrix decoding schemes. The matrix surround
down-mix is created such that it can be inverted by an MPEG Surround decoder without
perceptual concessions to the decoder performance. Furthermore, matrix surround down-
mixes improve the performance of the non-guided mode.

- Binaural decoding — the MPEG Surround decoder is able to transform a mono
or stereo down-mix signal directly into a 3D binaural sterco signal using the spatial
parameters instead of calculating a multi-channel signal as an intermediate step.

- Artistic down-mix — MPEG Surround allows transmission of a manually
created down-mix instead of the automated MPEG Surround down-mix.

- Arbitrary trees — the MPEG Surround bitstream supports definition of arbitrary
up-mix structures allowing an arbitrary number of output channels.

The MPEG Surround coder aims at representing the original multi-channel
signal as accurately as possible for a predefined speaker setup, such as e.g. a 5.1 setup.
However, it does not allow any flexibility with regard to different listening positions and
environments such as typically present at home or in a vehicle.

Reproduction for alternative listening positions and environments can be
improved by manipulation of the sweet-spot (¢.g. moving and/or widening). However,
although sweet-spot manipulation is known, conventional approaches tend to be suboptimal
and are generally applied as a post-processing step requiring high complexity processing of
the individual output channels.

Hence, an improved system for manipulating a sweet-spot would be

advantageous and in particular a system allowing increased flexibility, improved quality,
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improved listening experiences, reduced complexity, facilitated processing and/or improved

performance would be advantageous.

SUMMARY OF THE INVENTION

Accordingly, the Invention secks to preferably mitigate, alleviate or eliminate
one or more of the above mentioned disadvantages singly or in any combination.

According to a first aspect of the invention there is provided an apparatus for
modifying a sweet-spot of a spatial M-channel audio signal, the apparatus comprising: a
receiver for receiving an N-channel audio signal, N<M; parameter means for determining
spatial parameters relating the N-channel audio signal to the spatial M-channel audio signal;
modifying means for modifying the sweet-spot of the spatial M-channel audio signal by
modifying at least one of the spatial parameters; generating means for generating the spatial
M-channel audio signal by up-mixing the N-channel audio signal using the at least one
modified spatial parameter.

The invention may provide an improved listening experience. The invention
may allow a reduced complexity sweet-spot manipulation by directly modifying spatial
parameters as part of a decoding process. A facilitated and reduced computational demand
processing can be achieved. The apparatus may specifically be a decoder. The invention may
allow improved performance by integrating decoding and sweet-spot manipulation in an
advantageous way.

The N-channel signal may specifically be a mono or stereo signal and the M-
channel signal may specifically be a 5.1, 6.1 or 7.1 surround sound signal. The spatial
parameters may specifically be time and frequency variant parameters relating characteristics
of the different channels of the spatial M-channel audio signal to the signals of the N-channel
signal (or vice versa). For example, the spatial parameters may include level and/or
correlation parameters for individual time frequency blocks. The up-mixing of the N-channel
audio signal to the spatial M-channel audio signal may be a cascaded up-mixing.

According to an optional feature of the invention, the modifying means is
arranged to modify a front to back balance by modifying a first spatial parameter indicative
of an intensity difference between at least one front channel and at least one rear channel of
the spatial M-channel audio signal.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an improved listening experience for

(front/back) non-central listening positions by a simple and low complexity processing.
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According to an optional feature of the invention, the first spatial parameter is
an interchannel intensity difference between the at least one front channel and the at least one
rear channel.

This may allow a particularly low complexity and/or efficient implementation.
In particular, the sweet-spot can be modified using a simple modification of a spatial
parameter already used in the decoding operation.

According to an optional feature of the invention, the modifying means is
arranged to modify a quantization index of the interchannel intensity difference.

This may allow a particularly low complexity and/or efficient implementation
and may in particular allow a facilitated and more user friendly manipulation while reflecting
the human audio perception. The quantization index may be modified prior to decoding.

According to an optional feature of the invention, the modifying means is
further arranged to scale at least one front channel such that a front side channel to center
channel energy ratio variation for the spatial M-channel audio signal caused by modifying the
first parameter is reduced.

This may allow an improved listening experience and may in many cases
allow a manipulated sweet-spot with minimal perceptual distortion. The modifying means
may specifically substantially maintain the same front side channel to center channel energy
ratio after the parameter modification as before the modification. The modifying means may
specifically scale a center channel or may e.g. scale the side channels substantially equally
relative to a center channel and/or may scale the side channels differently.

According to an optional feature of the invention, the modifying means is
arranged to modify a center dispersion by modifying a first spatial parameter indicative of a
relative distribution of a signal of at least one channel of the N-channel audio signal between
a center channel and at least one side channel.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an increased spatial listening
experience.

In some embodiments, the modifying means is arranged to modify a center
dispersion by modifying a first spatial parameter indicative of a scaling value between at least
one channel of the N-channel audio signal and at least one front channel of the spatial M-
channel audio signal.

The up-mixing of the N-channel audio signal may specifically include an up-

mixing of the N-channel audio signal to a K channel signal (N<K<=M) by a (K,N) up-mixing
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matrix multiplication of the signal values for the N-channels signals and the first spatial
parameter may be a matrix coefficient of the up-mixing matrix.

According to an optional feature of the invention, the first spatial parameter is
a channel prediction coefficient.

This may allow a particularly low complexity and/or efficient implementation.
In particular, the sweet-spot can be modified using a simple modification of a spatial
parameter typically already used in the decoding operation.

According to an optional feature of the invention, the modifying means is
arranged to modify a left to right balance by modifying a first spatial parameter indicative of
a relative distribution of a signal of least one channel of the N-channel audio signal between
at least one right side channel and at least one left side channel.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an improved listening experience for
(left/right) non-central listening positions by a simple and low complexity processing.

According to an optional feature of the invention, the first spatial parameter is
a channel prediction coefficient.

This may allow a particularly low complexity and/or efficient implementation.
In particular, the sweet-spot can be modified using a simple modification of a spatial
parameter already used in the decoding operation.

According to an optional feature of the invention, the modifying means is
arranged to modify a front to back dispersion by modifying a first spatial parameter
indicative of a relative correlation between at least one front channel and at least one rear
channel of the spatial M-channel audio signal.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an increased spatial listening
experience.

According to an optional feature of the invention, the first spatial parameter is
an interchannel correlation coefficient between the at least one front channel and the at least
one rear channel.

This may allow a particularly low complexity implementation. In particular,
the sweet-spot can be modified using a simple modification of a spatial parameter already
used in the decoding operation.

According to an optional feature of the invention, the N-channel audio signal

corresponds to a down-mix of the spatial M-channel audio signal and the receiver is arranged
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to receive encoder spatial parameters relating the down-mixed N-channel audio signal to the
spatial M-channel audio signal and the parameter means is arranged to determine the spatial
parameters from the encoder spatial parameters.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an improved listening experience in a
system comprising a parametric encoder generating the N-channel audio signal.

The encoder may generate spatial parameter data when down-mixing the
spatial M-channel audio signal to the N-channel audio signal. This spatial parameter data
may be transmitted to the apparatus and the sweet-spot may be modified by modifying this
data. The spatial parameters may specifically comprise the encoder spatial parameters. The
N-channel audio signal may specifically be an MPEG Surround signal comprising parametric
data.

According to an optional feature of the invention, the parameter means is
arranged to determine the spatial parameters from characteristics of signals of the channels of
the N-channel audio signal.

This may provide an improved listening experience and/or a facilitated sweet-
spot manipulation. In particular, this feature may allow an improved listening experience in a
system not using explicit parametric coders which do not transmit parameter data for the
spatial M-channel audio signal. The N-channel audio signal may specifically be a non-guided
MPEG Surround signal, such as a matrix compatible downmix signal. The N-channel audio
signal may also be a legacy stereo signal, e.g. a stereo MP3 decoded signal, or a sterco FM
signal.

According to another aspect of the invention, there is provided a receiver for
receiving a spatial M-channel audio signal, the receiver comprising: a receiver for receiving
an N-channel audio signal, N<M; parameter means for determining spatial parameters
relating the N-channel audio signal to the spatial M-channel audio signal; modifying means
for modifying a sweet-spot of the spatial M-channel audio signal by modifying at least one of
the spatial parameters; generating means for generating the spatial M-channel audio signal by
up-mixing the N-channel audio signal using the at least one modified spatial parameter.

According to another aspect of the invention, there is provided a transmission
system for transmitting an audio signal, the transmission system comprising: a transmitter
arranged to transmit an N-channel audio signal; and a receiver comprising: receiver for
receiving the N-channel audio signal, parameter means for determining spatial parameters

relating the N-channel audio signal to a spatial M-channel audio signal,, N<M, modifying
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means for modifying a sweet-spot of the spatial M-channel audio signal by modifying at least
one of the spatial parameters, generating means for generating the spatial M-channel audio
signal by up-mixing the N-channel audio signal using the at least one modified spatial
parameter.

According to another aspect of the invention, there is provided an audio
playing device for playing a spatial M-channel audio signal, the audio playing device
comprising: a receiver for receiving an N-channel audio signal, N<M; parameter means for
determining spatial parameters relating the N-channel audio signal to the spatial M-channel
audio signal; modifying means for modifying a sweet-spot of the spatial M-channel audio
signal by modifying at least one of the spatial parameters; generating means for generating
the spatial M-channel audio signal by up-mixing the N-channel audio signal using the at least
one modified spatial parameter.

According to another aspect of the invention, there is provided a method of
modifying a sweet-spot of a spatial M-channel audio signal, the method comprising:
receiving an N-channel audio signal, N<M; determining spatial parameters relating the N-
channel audio signal to the spatial M-channel audio signal; modifying the sweet-spot of the
spatial M-channel audio signal by modifying at least one of the spatial parameters; generating
the spatial M-channel audio signal by up-mixing the N-channel audio signal using the at least
one modified spatial parameter.

According to another aspect of the invention, there is provided a method of
receiving a spatial M-channel audio signal, the method comprising: receiving an N-channel
audio signal, N<M; determining spatial parameters relating the N-channel audio signal to the
spatial M-channel audio signal; modifying a sweet-spot of the spatial M-channel audio signal
by modifying at least one of the spatial parameters; generating the spatial M-channel audio
signal by up-mixing the N-channel audio signal using the at least one modified spatial
parameter.

According to another aspect of the invention, there is provided a method of
transmitting and receiving an audio signal, the method comprising: a transmitter transmitting
an N-channel audio signal; and a receiver performing the steps of: receiving the N-channel
audio signal, determining spatial parameters relating the N-channel audio signal to a spatial
M-channel audio signal,, N<M, modifying a sweet-spot of the spatial M-channel audio signal
by modifying at least one of the spatial parameters, generating the spatial M-channel audio
signal by up-mixing the N-channel audio signal using the at least one modified spatial

parameter.
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These and other aspects, features and advantages of the invention will be

apparent from and elucidated with reference to the embodiment(s) described hereinafter.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the invention will be described, by way of example only,
with reference to the drawings, in which

Fig. 1 is an illustration of a transmission system for communication of an
audio signal in accordance with some embodiments of the invention;

Fig. 2 is an illustration of a decoder capable of modifying a sweet-spot of a
spatial M-channel audio signal in accordance with some embodiments of the invention;

Fig. 3 is an illustration of a speaker set-up for an MPEG Surround sound
System;

Fig. 4 is an illustration of a structure of an MPEG Surround decoder; and

Fig. 5 is an illustration of a method of modifying a sweet-spot of a spatial M-

channel audio signal in accordance with some embodiments of the invention.

DETAILED DESCRIPTION OF SOME EMBODIMENTS OF THE INVENTION

The following description focuses on embodiments of the invention applicable
to an MPEG surround sound audio system. However, it will be appreciated that the invention
is not limited to this application but may be applied to many other multi-channel audio
systems and standards.

Fig. 1 illustrates a transmission system 100 for communication of an audio
signal in accordance with some embodiments of the invention. The transmission system 100
comprises a transmitter 101 which is coupled to a receiver 103 through a network 105 which
specifically may be the Internet.

In the specific example, the transmitter 101 is a signal recording device and
the receiver 103 is a signal player device but it will be appreciated that in other embodiments
a transmitter and receiver may be used in other applications and for other purposes. For
example, the transmitter 101 and/or the receiver 103 may be part of a transcoding
functionality and may e.g. provide interfacing to other signal sources or destinations.

In the specific example where a signal recording function is supported, the
transmitter 101 comprises a digitizer 107 which receives an analog multi channel signal that
is converted to a digital PCM (Pulse Code Modulated) signal by sampling and analog-to-

digital conversion.
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The digitizer 107 is coupled to the encoder 109 of Fig. 1 which encodes the
PCM signal in accordance with an encoding algorithm. In the example, the encoder 109 is an
MPEG Surround encoder which encodes an M-channel signal as an N-channel signal where
M>N. The MPEG Surround decoder thus generates an N-channel signal as well as spatial
parametric data that allows a decoder to generate the M-channel signal. The encoder 109 may
for example encode a 5.1, 6.1 or 7.1 surround sound signal as stereo signal plus spatial
parametric data. The following description will focus on a scenario wherein a 5.1 stereo
signal is encoded as a sterco signal plus spatial parametric data.

The encoder 109 is coupled to a network transmitter 111 which receives the
encoded signal and interfaces to the Internet 105. The network transmitter may transmit the
encoded signal to the receiver 103 through the Internet 105.

The receiver 103 comprises a network receiver 113 which interfaces to the
Internet 105 and which is arranged to receive the encoded signal from the transmitter 101.

The network receiver 113 is coupled to a decoder 115. The decoder 115
receives the encoded signal and decodes it in accordance with a decoding algorithm. In the
example, the decoder decodes the M-channel signal from the N-channel signal using the
received parametric data after this has been modified in order to modify the sweet-spot of the
original signal. The sweet-spot of a spatial multi-channel signal is the area/ locations in
which the spatial perception does not deviate significantly from the intended spatial
perception, e.g. as intended by studio engineers for a standardized multi-channel speaker
setup.

Specifically, in the example, the decoder 115 is an MPEG Surround decoder
operating in the guided mode where the decoding is based on spatial parametric data
generated by the encoder 109. However, it will be appreciated that in other embodiments, the
spatial parametric data may be generated by the decoder itself and that the decoder 115 may
in particular be an MPEG Surround decoder operating in the non-guided mode.

In the specific example where a signal playing function is supported, the
receiver 103 further comprises a signal player 117 which receives the decoded audio signal
from the decoder 115 and presents this to the user. Specifically, the signal player 117 may
comprise a digital-to-analog converter, amplifiers and speakers as required for outputting the
decoded audio signal.

Fig. 2 illustrates the decoder 115 in more detail.
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The decoder 115 comprises a receiver unit 201 which receives the bitstream
from the network receiver 113. The receiver comprises both the encoded stereo signal and the
parametric data.

The receiver unit 201 is coupled to a parameter unit 203 which determines the
spatial parameters that are to be used for generating the surround signal from the sterco
signal. The spatial parameters are thus parameter data that describe a characteristic of a
channel signal of the M-channel signal relative to a characteristic of a channel signal of the
N-channel signal. The spatial parameters can specifically indicate how the N-channel signal
should be processed to generate the M-channel signal.

In the main example, the spatial parameters are simply generated by extracting
these parameters from the received bitstream, ie. the spatial parameters generated by the
encoder 109 are used. However, it will be appreciated that in other embodiments, the spatial
parameters may e.g. be determined by the decoder itself, e.g. by estimating these parameters
from the received signal. Specifically, the decoder 115 may be an MPEG Surround decoder
operating in the non-guided mode and may accordingly generate the spatial parameters from
certain characteristics of the N-channel signal, such as channel intensity difference and
correlation characteristics of the received stereo signal.

The receiver unit 201 is also coupled to a decoding unit 205 which decodes the
stereo signal and up-mixes this to generate the 5.1 channel surround signal. The up-mixing is
in the example performed in accordance with the MPEG Surround standard and is based on
the determined spatial parameters. However, the spatial parameters are not used directly but
rather the decoder 115 comprises a modifying unit 207, which is coupled to the parameter
unit 203 and the decoding unit 205, and which changes one or more of the spatial parameters
in order to modify the sweet-spot of the generated surround signal.

Thus, the decoder 115 of Fig. 2 allows a simple, efficient, high performance
and low complexity manipulation of the sweet-spot of the output surround sound signal by
directly modifying one or more spatial parameters used in the decoding/ up-mixing process.
Thus, by integrating sweet-spot manipulation and decoding/ up-mixing a substantially
facilitated and improved performance can be achieved.

This approach may be used to efficiently modify the shape and location of the
sweet-spot. This is especially useful for domestic and automotive applications where the
position of the listener differs from the original sweet-spot position. It can also be useful to

create similar sound image perceptions for multiple listeners with different positions. Thus,
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the approach allows easy manipulation of the most desirable features for sound stage control
including the following:

- Front-back balance control can be applied to gradually emphasize the spatial
image to the front or to the back.

- Center dispersion control can be applied to create a less (or more) directional
perception of the center channel.

- Left-right balance control can be applied to provide a gradual shift of
emphasis to the left or to the right.

- Correlation or front-back dispersion control can be applied to allow control of
the front-back correlation which contributes to the perceived wideness of the sound.

The approach results in very low complexity solutions for manipulating the
sweet-spot and advantageously the approach can be applied in all operating modes of MPEG
Surround. Furthermore, as will be described later, it is also possible to enhance the spatial
image when decoding down-mix signals of limited quality, such as in FM and AM radio
broadcasts.

In the following, a more detailed example of the different sweet-spot
manipulations will be described with reference to a 5.1 MPEG Surround system.

Fig. 3 illustrates the speaker setup on which the 6-channel output
configurations of the MPEG surround algorithm are based.

Fig. 4 illustrates an MPEG Surround up-mixing structure to generate the 5.1
Surround sound signal from the received sterco signal and spatial parameters. In MPEG
Surround the up-mixing is performed in a cascaded process where initially two Channel
Prediction Coefficients (CPCs) are used to create a left, center and right signal (L, C and R)

in a first up-mixing stage using a 3x2 pre-gain matrix given by:

CPC, +2 CPC, -1
U=| cPC, -1 CPC, +2

(1-cPc, N2 (-cpPC, W2

Each of the three intermediate channels is then converted into two further
channels. Specifically, the intermediate center channel is separated into the center channel
and a Low Frequency Enhancement (LFE) channel using an Interchannel Intensity
Difference (IID) spatial parameter. Furthermore, two IIDs and two Interchannel Correlation

Coefficients (ICCs) are used to split each of the intermediate left and right signals into a front
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and surround channel (L, Rrand. Ly, Rs) by means of a 5x5 mix matrix (where decorrelated
signals are used to introduce the level of correlation indicated by the ICCs).

In some embodiments, the modifying unit 207 may modify the front-back
balance by modifying a spatial parameter which indicates a relative intensity difference
between at least one front channel and at least one rear channel of the spatial M-channel
audio signal. Specifically, the modifying unit can modify one or more of the IID parameters.

The following describes how a simple tuning parameter can be set to gradually
move the emphasis of the spatial image (sweet-spot) back and forth between the front and
back. Thus, a simple tuning parameter can be used to move the location/area where the
optimal surround effect is perceived to the position of the listener. This is especially useful in
situations where the listener is located either to the front or the back of the center position of
the loudspeakers, such as typical domestic and automotive applications.

In the embodiments of Fig. 2, the front-back balance control is achieved by
modifying the IID parameters to achieve the desired effect. IID parameters are generally
expressed on a logarithmic dB scale and indicate the relative energy distribution between the
front and surround channel.

In the following specific example, the ICC and IID parameters will for brevity
and clarity be considered to be equal for the left and right sides. This is generally the case for
MPEG Surround non-guided modes. For MPEG Surround guided mode, the ICC and 11D
parameters are typically different for the left and right sides, and it will be appreciated that
the described approach can readily be extended to such situations. Specifically, the described
approach can independently be applied to both sides using the same tuning parameter, Sgp.

In the described approach, an IID parameter is used to change the front-back
distribution of the signals. Specifically, increasing the IID puts more energy in the front side
channels while decreasing the 11D assigns more energy to the surround channels.

The IID, which is expressed in dB, can be updated by adding an offset value.

ID,,, =1D, +A,,.

This offset value Apg can be determined from a simple tuning parameter Sgp
which can for example be set manually by a user or operator. For example, the playing device

103 comprising the decoder 115 can comprise an input for selecting between different sound
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environment emulation settings with each setting having a number of associated
predetermined sweet-spot tuning parameters.

The human auditory system has a decreasing sensitivity to changes in 11D for
increasing reference values (positive as well as negative). For example, the following table

illustrates Just Noticeable Differences (JNDs) for IID variations:

Reference IID (dB) | IND (dB)

0 0.5-1
9 1.2
15 1,5-2

In order to achieve a similar emphasizing effect for the entire range of [IDs,

this non-linear effect can be incorporated in the 11D update:

ID,,, =D, +Ay,(S,. 1D, ).

Since, the non-linear behavior of the auditory system is also reflected in the
IID quantization vector used in MPEG Surround to map the index values to IID parameters,
the IID modification can be implemented by a linear update in the index domain. Let /1 orq
be the index corresponding to /1D, then the IID can be updated by calculating a new 11D

that corresponds to the index given by:

1

IIDnew — []]D,org + S5

Thus, a simple tuning parameter Spp having a linear relation to the front-back
balance shift can be set to modify the front-back balance of the sweet-spot of the surround
sound signal.

If it is not practical to use the IID index directly (e.g. because this is not
available to the modifying unit), it is possible to switch to the index domain and back by
fitting a second order polynomial to the (non-negative part of the) MPEG Surround

quantization vector for IID:

IID=a, I,,+a, 1,,+a,,
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where

a, =0,1444,
a, =1,1056,
a, =0,8272.

Thus, the IID can be mapped back to the index domain by

_ +\/al2 —4a, -(a, —abs(/ID))

F// 4
2a,

The new index can then be determined by adding the Sgp parameter and the

IID parameter can thus be determined as:

D, = Sgn([]]D,new ) (ao ‘ ([]]D,new )2 +a - a’bs([]]D,new )+ a, )

Alternatively, interpolation based on the quantization vector can be used to
determine the modified 1ID.

Decreasing the IID value results in a shift of energy from the front channels to
the surround channels while maintaining the coherence and overall energy. However, this
modification does not change the energy of the center (and LFE) channels and can therefore
deform the spatial image to some extent. Increasing the IID value may similarly deform the
spatial image.

In order to reduce this effect, the energy ratio between the front side channels
and the center channel is preferably preserved. Mixing energy of the center channel into the
side channels or vice versa could cause content (e.g. vocals) to inadvertently leak to the side
channels and therefore change the spatial image. The following describes a method that
substantially preserves the front side to center energy ratio and prevents center content to leak
into the side channels by scaling the center channel.

In the approach, the front channels are scaled under the constraint that the

energy ratio between the front side channels and the center channel is preserved:
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E +£E E, +F

L naw Rimew _ Ly Ry

E. E.

Scaling the center signal has implications for the overall energy and therefore
the left and right side signals should be scaled simultaneously to compensate for the energy
5 loss. Thus, the total energy should preferably also be conserved:

E, +E, +E. =E, +E,+E.,

where scaling is represented by:

10
L, =u-L,
R,., =W-R,
C. =\-C,

In the example, the left and right channels are scaled by the same factor since
the spatial parameters are assumed equal for the two side signals (corresponding to an MPEG
15  Surround non-guided mode) and thus they are both further processed by the same spatial
parameters. The scaling factors i and A can be calculated by inserting the scaling equations

into the energy conservation requirements. This yields:

WL+ R +NC* =L +R*+C*.
20

resulting in

25 and

D,,, m,,, D I
10 1© 10 1© 1010 1010
272 2p2 2 2
WL - D +U R L L ~7@+R T
1+10 10 1+10 * _ 1+101 1+101

AC? C’
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Rewriting yields
ID,,,
2 0 D-1ID,,,
uw-_1+10 0
TET—m 10
1+101
and thus,
2 — Emtio +1
r+ Emtio ,
where
L*+R’
Emtio = T 9
@
1+101© 1D, ,,~1ID
rE—p 1010
1+10 10

Thus, the expressions for L and A are given by

+1

ratio

r+FE

ratio

}\‘:\/Eratio (1_u2)+1 :‘/;M

The energy distribution compensation in order to maintain the overall spatial
image can be performed by relatively low complexity processing. Specifically, the MPEG
Surround up-mix algorithm updates the parameters at a certain update rate T. Thus, each T
samples, new up-mixing matrices are calculated and these are interpolated for the samples in
between. The scaling of the up-mixed signals can be integrated with the pre-gain matrix and

accordingly the scaling values only have to be determined once per T samples.
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With a parameter range of
S, € [-30,....430],

the image can be shifted completely to the back (-30) and completely to the front (+30) in a
perceptually meaningful sense and with an approximately linear relation between the tuning
parameter value and the perceived shift in front/back balance.

Furthermore, the scaling values are determined from the value of E.i, which
is the ratio of the energies of the intermediate signals L, R and C. For stability reasons, these
energies can be smoothed (low pass-filtered). However, for MPEG Surround non-guided
mode, such low-pass filtered energies of the down-mix signals Lgmx and Ramx are already
available as they are used to determine the IID and ICC parameters for the down-mix signal.

These can be used in combination with the pre-gain matrix, which is defined as

CPC, +2 CPC, -1
U=| cPC, -1 CPC, +2

(1-cPc, W2 (1-CPC, W2
Thus, E,4i0 can be written as

PR 1 (2.CPC12+2-CPC1+5)’L§mx+(2‘CPC22+2’CPC2+5)‘R§W+
o =2 =5 (cpC?-2-CPC,+1)- L, +(CPC; —=2-CPC, +1)-R;,, +
(2:CPC,-CPC, +CPC, +CPC, —4) L, ‘R
(CPC,-CPC,—-CPC,-CPC, +1)-L,, - R

E

dmx
’

dmx

thereby eliminating the need for any per-sample calculations for the front-back balance
control.

Further complexity reduction can be obtained ¢.g. by using lookup tables for
various equations or using low-complexity approximation functions.

In the exemplary embodiment, the decoder 115 can furthermore adjust the
center dispersion thereby increasing the sweet-spot. Specifically, a center dispersion tuning
parameter is used to disperse the image of the center channel to the side to obtain a less

directional center. Thus, the approach allows an increase of the perceived wideness of the
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center by adjusting the spatial parameters and thus the spatial parameters are used to
manipulate the size of the sweet-spot.
In MPEG Surround, the first up-mixing stage creates three intermediate

signals L, C and R using the pre-gain matrix (ref. e.g. Fig. 4):

CPC, +2 CPC, -1
U=| cPC, -1 CPC, +2

(1-cPc, N2 (-cpPC, W2

In order to increase the center width, part of the center signal C can be mixed
into the side channels L and R. Specifically, the spatial parameters CPC; and CPC, of this
first up-mixing stage can be manipulated such that the center signal is mixed with the left and
right signals. As can be seen from the pre-gain matrix, the CPC parameters are indicative of a
relative distribution of the energy of each of the stereo signals into each of the intermediate
channels. Thus, adjusting the CPC parameters allows a gradual shift of energy from (or to)
the center channel to (or from) the side channels. When changing the central dispersion, the
modification is typically performed symmetrically and thus the CPC values are changed
identically.

As evidenced by the pre-gain matrix, if the CPC parameters are both equal to
1, the lower row contains only zeroes and therefore no center signal is generated. Also, for
this setting, the gain factors (matrix coefficients) for the left and right signals are increased
and thus the entire center signal is fully dispersed into the left and right channels. Conversely,
when decreasing the CPCs the center energy increases while the left and right signals’ energy
reduces.

Thus, center dispersion can be increased by increasing the CPC parameter
values toward 1. In this way, the center signal is (partly) mixed into the side channels
resulting in a wider spatial image for the center channel signal.

Specifically, new CPC values can be determined from a tuning parameter Scp

according to

1-(1-S,.,)-1-cpC.), forS,, =0,

CPC =
v new {(l"'SCD)’ (1+cpC,)-1, forS,, <0,
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For negative values of Scp, the CPC values are moved towards -1 thereby
narrowing the perceptual width of the surround signal. The range of the tuning parameter Scp
can preferably be set to [-1,1].

In the exemplary embodiment, the decoder 115 can furthermore shift the

5  spatial sound image to the left or to the right thereby allowing the sweet-spot to be moved
accordingly. This may be particularly useful when a listener is positioned to the left or right
of the original sweet-spot.

The left-right distribution of the signal energy is obtained in the first up-
mixing step where the signals L, C and R are generated using the prediction parameters CPC;

10 and CPC,. The balance control uses these prediction parameters to achieve a low complexity
manipulation of the sweet-spot location.

Specifically, since the CPC; parameter controls the contribution of the left
down-mix channel and the CPC; parameter controls the contribution of the right down-mix
channel, the balance can be shifted to the left or right by reducing the parameters relative to

15  each other. Thus, decreasing CPC; shifts the balance to the right, while decreasing CPC,
shifts it to the left.

Specifically, the adjustment of the CPC parameters for balance control can be
performed in a similar way to that used for center width reduction by the center dispersion
control parameter. The parameters are either shifted towards a CPC value of -1, or are left

20  unmodified depending on the sign of a balance control tuning parameter Sir:

CPC, forS,, <0,

CPC, =
o {(I_SLR)‘(1+CPC1)—1 forS,, =20,

(1+S,,)-0+CPC,)-1 forS,, <0,

CPC,,,, =
B { CPC?2 forS,, = 0.

25

A parameter range of
Se€[-1...,+1],

30  provides a reasonable amount of balance control without negatively affecting the perceptual

effects associated with the center energy.
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Evaluating the pre-gain matrix illustrates that it is not possible to create an
absolute balance scale without increasing the center signal’s energy by simply modifying the
CPC parameters. However, a reduced balance control is generally sufficient as most typical
sweet-spot locations only deviate relatively little from the central listening position.

In the exemplary embodiment, the decoder 115 can furthermore modify a front
to back dispersion thereby allowing control of the perceived wideness of the sound and thus
increasing the sweet-spot.

Specifically, the ICC parameters used in the second stage of the up-mixing to
generate the front and surround channels of the left and right side is modified to increase or
decrease the correlation thereby affecting the front/back dispersion.

Specifically, the adjustment of the ICC parameter is similar to the adjustments
of the CPC parameters for controlling the center dispersion except that the adjusted ICC
parameter is limited to the range from 0 to 1. Thus, using the front back dispersion tuning

parameter Scr the new correlation parameters may be determined as:

icc. = (1+ S, )-ICC forS,, <0,
1-(1-S,,)-(1-1CcC) forS,, 0.

where
Sep€=1...41].

The following table provides an overview of the specific spatial parameters

that are modified to achieve different sweet-spot manipulations:

Tuning parameter Affected spatial Tuning parameter | Parameter
parameters range
Front/Back dispersion ICC Scr [-1,...,+1]
Center dispersion CPC, and CPC,; Sep [-1,...,.+1]
Left-right balance control CPC, or CPC, Sir [-1,...,.+1]
Front-back balance control IID (+ L+ C+R) Y [-30,...,+30]
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In the specific embodiment, all of the tuning parameters are used
simultaneously. However, the order in which the modifications are applied may affect the
achieved quality.

Specifically, center dispersion and left-right balance control affect each other
since they use the same spatial parameters. Balance control maintains some energy in the
center channel while the center dispersion adjustment mixes (part of) the center energy to
both left and right. Hence, a lot of energy ends up in the side channel that should be
attenuated by balance control when center dispersion is performed after balance control.
Therefore, center dispersion adjustments can be performed first, allowing balance control to
operate properly.

Front-back balance control uses the CPC parameters in the calculation of the
scaling factors. Typically, the actual parameters that will be used in the up-mixing process
should be used in the calculation. Hence, calculations for the front-back balance control can
be performed after the calculations for center dispersion and the left-right balance control.

Calculations for the front/back dispersion adjustment are not affected by any
of the other presented tuning parameters. Neither does the correlation adjustment affect the
other tuning parameters. Therefore the modification of this parameter can be arbitrarily
ordered within the other calculations.

It will be appreciated that the described principles can be applied in both
MPEG Surround decoders operating in guided mode and in non-guided mode. When
operating in non-guided mode, the spatial parameters are determined by the decoder itself
based on characteristics of the received sterco signal whereas in guided mode the spatial
parameters are generated and received from the encoder.

A specific example in which the described approach may provide an improved
listening experience in connection with non-guided mode operation is where a stereo signal
(e.g. a conventional sterco signal) is received which does not have very distinct left and right
channels. In order to optimize surround experience for this type of signals a specific listening
setting or mode can be provided by the algorithm.

Conventionally, poor reception of a radio station can result in two kinds of
effects for the two-channel output of the receiver (a combination of both is also common):

- Noisy sound.

- No stereo sound reproduction or switching between stereo and mono.
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Experiments have shown that a sterco signal with static noise does not
significantly affect the spatial image. The noise ends up in all outputs as it also does for a
stereo output.

However, more dynamic noise affects the spatial characteristics of the receiver
output more clearly. Mostly this kind of noise results in fast switching between stereo and
mono reproduction in a radio receiver. With a standard MPEG Surround non-guided
algorithm such a signal results in spatial instability where the complete sound collapses into
the center speaker when the input switches to mono.

This is also a disadvantage for mono-based FM stations and all AM stations,
since a mono signal (Lamx = Ramx) has no inter-channel intensity difference and full
correlation and therefore the spatial parameters will be constant. The resulting values for the
CPC parameters put the bulk of the signal energy in the center channel and a poor surround
sound experience is provided.

Moreover, due to the way FM stereo signals are transmitted (mono (sum)
signal and differential signal) the spatial properties of the down-mix can be reduced as the
differential signal is the first to deteriorate for poor reception. Consequently, the spatial
reconstruction by the MPEG Surround non-guided algorithm is much more prone to be
oriented to the center than regular sterco signals.

Thus, the main disadvantage of having radio signals as a source to non-guided
MPEG Surround systems is the high probability that the spatial characteristics which steer
the algorithm can be lost causing the signal to be concentrated in the front center speaker.

However, the described decoder provides a low complexity sweet-spot
manipulation which can improve the provided surround sound experience. Specifically, a low
complexity solution achieving a satisfying spatial image for mono signals can use the center
dispersion tuning parameter. Setting this parameter to e.g. 0.5, causes part of the energy that
would be put in the center signal to be dispersed to the side signals L and R. For mono
signals the IID of 0 dB causes an even distribution between front and rear speakers.

As a result, even for a mono input, the algorithm can effectively distribute the
signal over all output channels. For stereo signals the widening creates an enhanced spatial
image.

Fig. 5 illustrates a method of modifying a sweet-spot of a spatial M-channel
audio signal. The method initiates in step 501 wherein an N-channel audio signal is received

with N<M.
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Step 501 is followed by step 503 wherein spatial parameters relating the N-
channel audio signal to the spatial M-channel audio signal are determined.

Step 503 is followed by step 505 wherein the sweet-spot of the spatial M-
channel audio signal is modified by modifying at least one of the spatial parameters.

Step 505 is followed by step 507 wherein the spatial M-channel audio signal is
generated by up-mixing the N-channel audio signal using the at least one modified spatial
parameter.

It will be appreciated that the above description for clarity has described
embodiments of the invention with reference to different functional units and processors.
However, it will be apparent that any suitable distribution of functionality between different
functional units or processors may be used without detracting from the invention. For
example, functionality illustrated to be performed by separate processors or controllers may
be performed by the same processor or controllers. Hence, references to specific functional
units are only to be seen as references to suitable means for providing the described
functionality rather than indicative of a strict logical or physical structure or organization.

The invention can be implemented in any suitable form including hardware,
software, firmware or any combination of these. The invention may optionally be
implemented at least partly as computer software running on one or more data processors
and/or digital signal processors. The elements and components of an embodiment of the
invention may be physically, functionally and logically implemented in any suitable way.
Indeed the functionality may be implemented in a single unit, in a plurality of units or as part
of other functional units. As such, the invention may be implemented in a single unit or may
be physically and functionally distributed between different units and processors.

Although the present invention has been described in connection with some
embodiments, it is not intended to be limited to the specific form set forth herein. Rather, the
scope of the present invention is limited only by the accompanying claims. Additionally,
although a feature may appear to be described in connection with particular embodiments,
one skilled in the art would recognize that various features of the described embodiments
may be combined in accordance with the invention. In the claims, the term comprising does
not exclude the presence of other elements or steps.

Furthermore, although individually listed, a plurality of means, elements or
method steps may be implemented by e.g. a single unit or processor. Additionally, although
individual features may be included in different claims, these may possibly be

advantageously combined, and the inclusion in different claims does not imply that a
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combination of features is not feasible and/or advantageous. Also the inclusion of a feature in
one category of claims does not imply a limitation to this category but rather indicates that
the feature is equally applicable to other claim categories as appropriate. Furthermore, the
order of features in the claims do not imply any specific order in which the features must be
worked and in particular the order of individual steps in a method claim does not imply that
the steps must be performed in this order. Rather, the steps may be performed in any suitable
order. In addition, singular references do not exclude a plurality. Thus references to "a", "an",
"first", "second" etc do not preclude a plurality. Reference signs in the claims are provided
merely as a clarifying example shall not be construed as limiting the scope of the claims in

any way.
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CLAIMS:

1. An apparatus for modifying a sweet-spot of a spatial M-channel audio signal,
the apparatus comprising:
- a receiver (201) for receiving an N-channel audio signal, N<M;

- parameter means (203) for determining spatial parameters relating the N-
channel audio signal to the spatial M-channel audio signal;
- modifying means (207) for modifying the sweet-spot of the spatial M-channel
audio signal by modifying at least one of the spatial parameters;
- generating means (205) for generating the spatial M-channel audio signal by

up-mixing the N-channel audio signal using the at least one modified spatial parameter.

2. The apparatus of claim 1 wherein the modifying means (207) is arranged to
modify a front to back balance by modifying a first spatial parameter indicative of an
intensity difference between at least one front channel and at least one rear channel of the

spatial M-channel audio signal.

3. The apparatus of claim 2 wherein the first spatial parameter is an interchannel

intensity difference between the at least one front channel and the at least one rear channel.

4. The apparatus of claim 3 wherein the modifying means (207) is arranged to

modify a quantization index of the interchannel intensity difference.

5. The apparatus of claim 2 wherein the modifying means (207) is further
arranged to scale at least one front channel such that a front side channel to center channel
energy ratio variation for the spatial M-channel audio signal caused by modifying the first

parameter is reduced.

6. The apparatus of claim 1 wherein the modifying means (207) is arranged to

modify a center dispersion by modifying a first spatial parameter indicative of a relative
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distribution of a signal of least one channel of the N-channel audio signal between a center

channel and at least one side channel.

7. The apparatus of claim 6 wherein the first spatial parameter is a channel

prediction coefficient.

8. The apparatus of claim 1 wherein the modifying means (207) is arranged to
modify a left to right balance by modifying a first spatial parameter indicative of a relative
distribution of a signal of least one channel of the N-channel audio signal between at least

one right side channel and at least one left side channel.

9. The apparatus of claim 8 wherein the first spatial parameter is a channel

prediction coefficient.

10. The apparatus of claim 1 wherein the modifying means (207) is arranged to
modify a front to back dispersion by modifying a first spatial parameter indicative of a
relative correlation between at least one front channel and at least one rear channel of the

spatial M-channel audio signal.

11. The apparatus of claim 10 wherein the first spatial parameter is an interchannel

correlation coefficient between the at least one front channel and the at least one rear channel.

12. The apparatus of claim 1 wherein the N-channel audio signal corresponds to a
down-mix of the spatial M-channel audio signal and the receiver (201) is arranged to receive
encoder spatial parameters relating the down-mixed N-channel audio signal to the spatial M-
channel audio signal, and the parameter means (203) is arranged to determine the spatial

parameters from the encoder spatial parameters.

13. The apparatus of claim 1 wherein the parameter means (203) is arranged to
determine the spatial parameters from characteristics of signals of the channels of the N-

channel audio signal.

14. The apparatus of claim 1 wherein the N-channel audio signal is an MPEG

surround signal.
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15. A receiver (103) for receiving a spatial M-channel audio signal, the receiver
(103) comprising:
- a receiver (201) for receiving an N-channel audio signal, N<M;

- parameter means (203) for determining spatial parameters relating the N-
channel audio signal to the spatial M-channel audio signal;
- modifying means (207) for modifying a sweet-spot of the spatial M-channel
audio signal by modifying at least one of the spatial parameters;
- generating means (205) for generating the spatial M-channel audio signal by

up-mixing the N-channel audio signal using the at least one modified spatial parameter.

16. A transmission system (100) for transmitting an audio signal, the transmission
system comprising:
- a transmitter (101) arranged to transmit an N-channel audio signal; and
a receiver (103) comprising:

- receiver (201) for receiving the N-channel audio signal,

- parameter means (203) for determining spatial parameters relating

the N-channel audio signal to a spatial M-channel audio signal,, N<M,

- modifying means (207) for modifying a sweet-spot of the spatial M-channel
audio signal by modifying at least one of the spatial parameters,

- generating means (205) for generating the spatial M-channel audio signal by

up-mixing the N-channel audio signal using the at least one modified spatial parameter.

17. An audio playing device (103) for playing a spatial M-channel audio signal,
the audio playing device comprising:
- a receiver (201) for receiving an N-channel audio signal, N<M;

- parameter means (203) for determining spatial parameters relating the N-
channel audio signal to the spatial M-channel audio signal;
- modifying means (207) for modifying a sweet-spot of the spatial M-channel
audio signal by modifying at least one of the spatial parameters;
- generating means (205) for generating the spatial M-channel audio signal by

up-mixing the N-channel audio signal using the at least one modified spatial parameter.
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18. A method of modifying a sweet-spot of a spatial M-channel audio signal, the
method comprising:
- receiving (501) an N-channel audio signal, N<M;

- determining (503) spatial parameters relating the N-channel audio signal to
the spatial M-channel audio signal;
- modifying (505) the sweet-spot of the spatial M-channel audio signal by
modifying at least one of the spatial parameters;
- generating (507) the spatial M-channel audio signal by up-mixing the N-

channel audio signal using the at least one modified spatial parameter.

19. A method of receiving a spatial M-channel audio signal, the method
comprising:
- receiving (501) an N-channel audio signal, N<M;

- determining (503) spatial parameters relating the N-channel audio signal to
the spatial M-channel audio signal;
- modifying (505) a sweet-spot of the spatial M-channel audio signal by
modifying at least one of the spatial parameters;
- generating (507) the spatial M-channel audio signal by up-mixing the N-

channel audio signal using the at least one modified spatial parameter.

20. A method of transmitting and receiving an audio signal, the method
comprising:
- a transmitter (101) transmitting an N-channel audio signal; and
- a receiver (103) performing the steps of:

- receiving (501) the N-channel audio signal,

- determining (503) spatial parameters relating the N-channel audio

signal to a spatial M-channel audio signal,, N<M,

- modifying (505) a sweet-spot of the spatial M-channel audio signal by
modifying at least one of the spatial parameters,

- generating (507) the spatial M-channel audio signal by up-mixing the N-

channel audio signal using the at least one modified spatial parameter.

21. A computer program product for executing the method of any of the claims

18, 19, 20.
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