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NON- LI NEAR | NVERSE CODI NG OF MULTI CHANNEL SI GNALS

The obtaining of signals of a higher order (with a higher
nunber of output channels) fromsignals of a | ower order
(with a | ower nunber of channels) represents an inportant
part of audio technology. This is referred to as “upm xi ng”.

The efficient encoding of nmulti-channel signals with
natural ly high bandw dth for psychoacoustic encodi ng
processes constituting the state of the art also represents
a great challenge. In particular, formats such as the three-
di nensi onal system Hamasaki 22.2 devel oped by the Japanese
broadcaster NHK require high permanent spatial bitrates.

| f such three-dinensional systens are to be enbedded in
existing data or if the requirenments in terns of computing
power of the decoding system are designed in such a way that
only limted capacity is available for the decoding and the
reproduci ng of audio data (“low conputational conplexity
systens”), psychoacoustic encodi ng processes constituting

the state of the art fail.

The patent applications and publications regarding
psychoacoustic and in particular spatial encoding processes
are countless. An extensive account nust therefore be
eschewed. Permanent spatial bitrates that need to be
transmitted to a decoder in order to be able to extract
correspondi ng nul ti-channel signals represent however a

comon f eat ure.

The present invention provides audi o encoding with enhanced
possibilities for defining spatial audio signals on the
basis of only a few paraneters which, in contrast to known
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psychoacoustic and in particular spatial encoding processes

— do not need to be continuously added to the data stream

The system works in particular independently of the choice
of a suitable codec for conpressing audio data (“base audio
coder”). Such codecs describe for exanple standards that are
currently valid or in devel opment, that have become known as
MP3, AAC, HE- AAC or USAC.

Hereinafter, “inverse coding” is understood to nean a
techni cal process that nmakes use of one or several nethods
or one or several devices of the clains of applications
EP1850629 or WO2009138205 or WO2011009649 or WO2011009650 or
W2012016992 or WO2012032178. The docunents just nentioned
are hereby introduced as reference.

In particular, “inverse coding” describes a techni cal
process that generates spatial audio signals through the
specific application of gains and del ays that are

functionally interdependent.

The systens described in EP1850629 or W02009138205 or
W02011009649 or WO2011009650 or WO2012016992 or WO2012032178
are in particular based on the principle of honbgeneous
energy density for the valid generation of phantom sources.
In particular, spatial audio signals are generated in
EP1850629 or W2009138205 or W2011009649 or WR011009650 or
W02012016992 or WO2012032178, whose individual channels
don’t have different nodul ati on. Such a honpbgeneous

nmodul ation is necessary in order to achieve a uniform
mappi ng of the phantom sources. This applies, as shown for
exanple in Fig. 6F, Fig. 7F and Fig. 8F of W02012032178 for
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a 5.1 surround signal, also for the inverse coding of nulti-

channel signal s.

So-cal | ed downm x processes are known for exanple fromITU R
BS. 775-1 (see Fig. 21). In this case, it is an addition
schema for the reduction of the nunber of channels, wherein
the I evel of specific channels is partly reduced, for
exanpl e by -3dB (which corresponds to a nultiplication of

the signal level by a factor of 1/v2 or, rounded, 0.7071)
resp. -6dB (which corresponds to a rmultiplication of the

signal level by a factor of 0.5000).

Such addition schemas can have other levels for specific
channel s that can be determned resp. optimzed in

functi onal dependency of a signal analysis, such as the
state-of -the-art Karhunen-Loeve transformation (KLT) or
Princi pal Conponent Analysis (PCA) or by means of al gebraic
i nvariants accordi ng to EP1850629, W02009138205,
W02011009649, WR011009650, WO2012016992 and W2012032178,

or they can be enriched by further specific technical neans:

Fal l er and Schill ebeeckx for exanple proposed at the 130tF
AES Convention in London in P4-5 (“Inproved | TU and Matri x
Surround Downm xi ng”) the use of 90° filters known in the

state of the art.

Overall, such downm x processes constitute the basis for the
reproduction of signals with a higher nunber of audio
channel s (“hi gher order signals”) on reproduction systens
with a |l ower nunber of audio channels (“Iower order
signal s”) and provide furthernore the precondition for the
reduction of the bandw dth of audio signals, such as are
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known fromthe audio coding for exanple for standards such
as MPEG Surround.

Such downm x processes can be adaptive, in that the levels
of specific channels change over the course of tine
(“adaptive downm x”) or the sanme |evels of specific channels
remai n constant over the course of tinme and are therefore

non- adaptive (“automatic downm x“)

Such downm x processes can in particular be optimzed for a
direct acoustic reproduction of the downm x or these downm x
processes are purely intended for a reduction of the
bandwi dt h of audi o signals.

Loudspeaker configurations are known in the literature that,
in contrast to the surround configurations such as 5.1 or
7.1 custonmarily avail able on the market and in which the

| oudspeakers are | ocated in one plane, provide al so

| oudspeakers outside of this plane. These partly represent
own standards, such as for exanple the three-di nensional
syst em Hamasaki 22.2 devel oped by the Japanese broadcaster
NHK, from which nost of the multi-channel processes known
today can be derived. These are overall highly conpl ex
systens in which the formati on of countl ess phantom sources

can be observed between respective nei ghboring | oudspeakers.

Overall, the inverse coding of surround signals such as 5.1
or 7.1 or also of three-dinensional systens unavoi dably
results in | oudspeaker signals that as a rule have a
honmogeneous nodul ati on and thus an unnatural ly hi gh energy
density. However, according to the state of the art, such an
energy density is necessary in order to nake possible the
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formati on of correspondi ng phantom sources. Hereinafter, we

therefore call such a process “linear inverse coding”.

In particular, WX011009649 descri bes a system where two
panoram c potentioneters are connected downstream of an M5
matrix within a device or a process for |inear inverse

codi ng, wherein each of the panoram c potentioneters forns
two collective busbar signals. Such a configuration allows
the degree of correlation to be increased or decreased at
wll and results in an increase or decrease of the imge
widths to the stereo base between two | oudspeakers. However,
the first output signal of the M5 matrix, inasnmuch as the
first panoram c potentioneter is effective, is provided in a
previously determned ratio to the two channels of the first
col l ective busbar signal. Simlarly, the second output
signal of the Ms matrix, if the second panoranic
potentioneter is effective, is provided in a previously
determned ratio to the two channels of the second

col | ective busbar signal

DI SCLOSURE OF THE | NVENTI ON

According to the invention, however, it was observed
surprisingly and agai nst previous experience that although
it is possible on the one hand to choose an input signal for
a linear inverse coding fromaudio signals or fromsignals
derived froma downm x generated from any technical neans,
in order to generate additional channels, and thus a higher
order signal as conpared to the base signal or the downm x
(“upm xi ng” or “encoding”), it is also possible on the other
hand to reproduce the audi o channel s generated through
linear inverse coding with different |evels, wherein these
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| evel s can be derived fully or partly fromthe |evels of the
used audi o signals or the levels used during the downm xi ng,
or also determned fully or partly independently fromthem
Alternatively, inverse coding can occur already on the basis
of the differently nodul ated out put channels. In both cases,
whenever such a technical step takes place, we speak of

“non-linear inverse coding”.

The non-linear inverse coding therefore has no honbgeneous
energy density with slightly nodified phantom source
formation and thus contradicts the ostensible postulate of a
stereo base that should be as honbgeneous as possible

bet ween nei ghbori ng | oudspeakers to generate phant om

sources.

However, this non-honbgeneous energy density contributes to
a natural aural inpression that draws increasingly closer to
transparency as the nunber of input channels increases. \Wen
t he nunber of input channels increases, the human ear judges
transparency less in terms of the absolute position of the
phant om sources but rather in relation to the energy density
of the generated sound field. The present invention thus

t akes advantage of this principle in a targeted manner.

In particular, when the nunber of reproduction channels

i ncreases, the imedi ate psychoacoustic |ocalization of the
| oudspeakers, i.e. nearly point-shaped sound sources,
predom nat es over the perception of phantom sources between
t he | oudspeakers. The non-linear inverse coding thus ensures
that also in this case, a correct distribution resp

wei ghting of these point-shaped sound sources as well as the
phant om sources forned between the | oudspeakers takes pl ace.
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Furthernore, despite using a downm X process, it is possible
to achi eve the perception of the tonal depth of phantom
sources that in the case of signals based on phant om sources
depends essentially on the | oudness of a | oudspeaker signal
as well as on the perceived spatiality. This perceived
spatiality can be controlled i medi ately by means of inverse
codi ng, w thout additional technical neans such as for
exanple an artificial reverb being necessary.

In particular it is possible, by the appropriate choice of
the levels of the output signals of an inverse coding, to
achieve a non-linear inverse coding of the perceived
spatiality, when a virtualization of the reproduction
channel s takes place via headphones by neans of “head
related transfer functions” (HRTF) or “binaural roominpul se
responses” (BRIR), which sonetines can be afflicted with

essential spatial perception |osses.

The | evel of the output signals of an inverse coding can
vary as a function of tine, for exanple in the case of an
adaptive downm x process, or also renmain constant over the
course of tinme, for exanple in the case of a non-adaptive
downm x process. The converse cases, i.e. the non-variation
of the levels of the output signals of an inverse coding in
the case of an adaptive downm x process or the varying of
the |l evel s of the output signals of an inverse coding in the
case of a non-adaptive downm x process, are also possible in
principle in these exanples, in order to enable a formation
as correct as possible of the perceived point-shaped sound
sources as well as of the forned phant om sources between the
| oudspeakers.
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In particular, the object of the invention as conpared with
WO2011009649 does not describe a systemin which, inasmuch
as the levels are adjusted via an anplification factor
different from1, respectively tw collective busbars
signals are inevitably forned. Rather, these anplification
factors operate exclusively on the very channel onto which
they are applied. The technical effect is thus not the
arbitrary increase or decrease of the degree of correlation
of two equally weighted channels. Additionally, in the case
of the non-linear inverse coding, provided an anplification
factor of the final |evel correction of at |east one signal
converges towards O, in contrast to WO2011009649, the audio
information of this signals is unavoidably lost, and it is
thus no |l onger a case of the |loss-free increase or decrease
of the image wwdth to the stereo base between two

| oudspeakers but a case, appropriate inits sinmplicity, of
t he targeted honpbgeneous wei ghti ng of perceived point-shaped
sound sources (|l oudspeakers) as well as of the phantom

sources formed between these | oudspeakers.

Rat her, the two panoram c potentioneters that in
W02011009649 were connected downstream of an M5 matrix, with
each panoram c potentioneter formng two coll ective busbar
signals, to be considered part of a |inear inverse coding,
on whose output signals in at |east one case additionally an
anplification factor according to the non-linear inverse
codi ng can be applied — and thus overall a form of weighting
is achieved that is not possible on the basis of these two

panoram c potentioneters al one.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
either: a gain is connected downstream of one of the two
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out put signals; or: respectively one gain is each connected
downst ream of one of the two output signals, wherein these

two gains are different.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that
either: a gain is connected downstream of one of the two
out put signals; or: respectively one gain is each connected
downstream of one of the two output signals, wherein these
two gains are different.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
either: a gain (50001) has the factor 0.5 or the factor

1/v/2; or: at |least one of the two gains (60001, 60002) has
the factor 0.5 or the factor 1/v2.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that the
non-linear inverse coding occurs on the basis of signals of

a downni Xx.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that the

downmi x is forned on the basis of one gain or several gains

that have the factor 0.5 or the factor 1/v2.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that the
downmi x in addition to neans for formng sumsignals, is

formed on the basis of further technical neans.
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One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for the i medi ate reproduction of the downm x is used

on | oudspeakers.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for obtaining further signals from previously
avai l abl e or forned signals are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for adding up signals are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that

means for subtracting signals are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that

means for conparing correlations of signals are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for normalizing signals on the basis of the |evels of

previously available or forned signals are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for adding up signals respectively with non-

nei ghbori ng | oudspeaker channels are used.
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One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that

means for formng a fictitious | oudspeaker are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for coding the dowm x by neans of a base audi o coder

are used.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that
means for formng signals for a | oudspeaker configuration of
the type Hamasaki 22.2 or for a subgroup of such a

| oudspeaker configuration are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for determning the position of phantom sources are

used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for signal analysis or neans for determ ning al gebraic

i nvari ants are used.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audi o signal, characterized in that
means for a Karhunen-Loeve transformati on (KLT) or Principal
Conmponent Anal ysis (PCA) are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for optim zing the determ nation of al gebraic
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invari ants on the basis of a Karhunen-Loeve transformation

(KLT) or Principal Conponent Analysis (PCA) are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that

either: a gain of the non-linear inverse coding has the sane

factor of a gain used for the downm x or represents a
multiple of this gain; or: at |east one of the two gains

(60001, 60002) of the non-linear inverse coding has the sane

factor of a gain used for the downm x or represents a
mul ti ple of this gain.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that for

optim zing one or several paraneters of the non-Ilinear
i nverse coding, neans for optim zing on the basis of the

associ ated linear inverse coding are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for imediately optim zing one or several paraneters

of the non-linear inverse coding are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that

means for optim zing one or several paraneters of the non-
I inear or associated linear inverse coding on the basis of

the degree of correlation r are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that

means for optimzing one or several paraneters of the non-
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I inear or associated linear inverse coding on the basis of a

target correlation k are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for determning the nature of the signal are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for determ ning | anguage or vocal signals or

transi ents are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for determning the target correlation k on the basis

of the nature of the signal are used.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audi o signal, characterized in that
means are used, in the case of a non-linear inverse coding,
in order to either: in the case of voice or voca

recordings, to establish a target correlation k> +0.51; or

in the case of transients, to establish a target correlation
k> +0.25; or: in the case of other signals, to establish a

target correlation k= 0.00.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means are used, in the case of a linear inverse coding
associated to a non-linear inverse coding,in order to
either: in the case of voice or vocal recordings, to

establish a target correlation k>+0.66; or: in the case of

transients, to establish a target correlation k> +40.40; or
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in the case of other signals, to establish a target

correl ation k> 0.00.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that for
a non-linear or associated linear inverse coding, neans for
their optim zation are used, which in turn use a signal
section smaller than or equal to 40ns.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that for
a non-linear or associated linear inverse coding, neans for
their optim zation are used that in turn use neans for

wei ghting the virtual opening angles o resp. B.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
means for optimzing one or several paraneters of a non-
i near or associated |linear inverse coding on the basis of

the main reflections or the reverb diffusion are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
means for correcting the level of signals on the basis of

t he respective | oudspeaker positions are used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that a
panoram c potentioneter is used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that

means for varying the gain (717) with the factor A are used.
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One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
different | oudspeaker distances are conpensated by at | east
one gain and at |east one del ay.

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that
means for storing or transmtting one or several paraneters
of a non-linear or associated |linear inverse coding are

used.

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audio signal, characterized in that
t hese have fewer output channels conpared with a multi-

channel si gnal

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that
t hese have nore out put channels conpared with an audi o

si gnal .

One enbodi nent shows a device/a process for the non-Ilinear
i nverse coding of an audi o signal, characterized in that the
signal reproduction does not take place on the basis of a
| oudspeaker configuration corresponding to the format of the

respective signal

One enbodi nent shows a device/a process for the non-Ilinear

i nverse coding of an audio signal, characterized in that
either: neans for wave field synthesis are used; or: neans
for Head Rel ated Transfer Functions (HRTF) or Binaural Room
| npul se Responses (BRI R) are used.
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DESCRI PTI ON OF THE DRAW NGS

D fferent enbodi nents of the present invention wll be
descri bed hereafter by way of exanple, with reference being
made to the foll ow ng draw ngs:

e FIG 1 shows the |oudspeaker configuration of the

format Hamasaki 22.2 fromthe Japanese broadcaster NHK

e FIG 2 shows the exanple of a downm x matrix for the
format Hamasaki 22. 2.

e FIG 3 shows a | oudspeaker configuration for a 12.1
signal, representing a subset of the |oudspeaker

configuration for Hamasaki 22.2.

e FIG 4 shows the exanple of a downnm x matrix for a 12.1
signal. This in turn represents a subset of the
| oudspeaker signals for Hamasaki 22. 2.

e FIG 5 shows the exanple of a circuit for the non-

I i near inverse coding of an audi o signal.

e FIG 6 shows a further exanple of a circuit for the
non-linear inverse coding of an audio signal, wherein
L #1,.

e FIG 7 represents a matrix for extracting signals by
means of conparative correlations on the basis of the
downmi x represented in FIG 2.

e FIG 8 shows a further exanple (follow ng upon FIG 7)
of the extraction of a signal by nmeans of conparative
correl ations.

e FIG 9 shows a normalization of signals (follow ng upon
FIG 8) on the basis of known |evels of the origina
mul ti - channel signal

e FIG 10 shows an approxi mate recovery of signals
(followi ng upon FIG 9) on the basis of the subtraction
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of obtai ned nei ghboring signals, whose | evel was

previously corrected by -3dB.
FIG 11 shows the matrix (follow ng upon FIG 10) of

two non-|linear inverse codings.
FIG 12 shows the final normalization (follow ng upon
FIG 11) of the signals obtained on the basis of two

non-|inear inverse codings.

FIG 13 shows the attenuation characteristics of a
panoram ¢ potentioneter that belongs to the state of
the art. In multi-channel coding, these attenuation
characteristics can also be used as basis for the

cal cul ati on of |evel corrections.

FIG 14 shows the second exanple of a matrix for
extracting signals by means of conparative correlations

on the basis of the downm x represented in FIG 4.

FIG 15 shows a normalization of signals obtained (in

FIG 14) on the basis of known |evels of sum signals.

FIG 16 shows an approxi mate recovery of signals
(follow ng upon FIG 15) on the basis of the
subtraction of approxi mately obtai ned sum si gnal s,

whose | evel was previously corrected by -3dB.

FIG 17 shows the matrix (follow ng upon FIG 16) of
two non-|linear inverse codings.

FIG 18 shows the final normalization (follow ng upon
FIG 17) of respectively two signals obtained on the
basis of two non-linear inverse codings.

FIG 19 shows the block schema of a circuit for

optim zing linear or non-linear inverse codings.

FIG 20 shows by way of exanple the header information
as well as the downm x for a 12.1 signal conpressed on

the basis of a non-linear inverse coding.
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e FIG 21 shows the downm x matrix for the downm x of 3/2

source material according to ITUR BS. 775-1, table 2.

DETAI LLED DESCRI PTI ON

Hereafter, a configuration corresponding to Hamasaki 22.2 or
a subset of this configuration will be exam ned (see FIG

1). This configuration is to be understood by way of
exanpl e, since the object of the invention is applicable to
any nmulti-channel systemwth three or nore | oudspeakers in

any position.

In a first step, a downm x matrix is defined that can
contain the nost varied technical neans (such as for exanple
t hose described by Faller and Schill ebeeckx, see above) and
that can be determ ned resp. optimzed in functional
dependency of a signal analysis of the respective multi-
channel signal, such as for exanple the state-of-the-art

Kar hunen- Loéve transformation (KLT) or Principal Conponent
Anal ysis (PCA) or by neans of algebraic invariants according
to EP1850629, W2009138205, WO2011009649, W2011009650,
W2012016992 and WO2012032178 (we speak hereinafter of
“adaptive downm x”) or specified a priori (for exanple in
anal ogous manner to table 2 of ITUR BS. 775-1, see FIG 21)
(we speak hereinafter of an “automatic downm x”)

A technical conbination containing both elenments of an
adaptive as well as elenents of an automatic downm x is al so
possi bl e.

In view of the nyriad of possible adaptive or automatic
downni x matrices as well as of technical conbinations of

el enents of an adaptive downm x and el enments of an automatic
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downm x (for Hamasaki 22.2 — when honbgeneous signal |evels
are considered fairly theoretically — for n downm x channel s
for exanple this would already anount to

22!
(22—-n)!’

wherein — when additionally considering different |evels for
the sumed signals — this would result in already infinite
possibilities), FIG 2 will have to be limted to the
exanpl e of a downm x for Hamasaki 22.2, consisting in total
of four stereo signals with the foll ow ng | oudspeaker
configuration (see FIG 1): FL'-FR, BL'-BR, TpFL -TpFR,
TpBL’ - TpBR' .

The matrix portrayed is to be read in the sane way as the
matri x known fromthe state of the art of FIG 21 but with
the lines to be read as colums and vice versa the col ums

as |ines.

In particular in the present exanple TpC with a | evel
decreased by -6dB (which corresponds to a multiplication of
the signal level by a factor of 0.5) is added respectively to
TpFL', TpFR , TpBL' and TpBR , which, when reproducing the
downm x, |leads to the psychoacoustic phenonenon of the

| ocal i zati on of such a | oudspeaker TpC (hence called
“fictitious TpC' in what follows); the sanme operating
principle can be applied to other |oudspeakers, in part by
using different |level differences (hereinafter therefore
called “fictitious |oudspeaker”, see also hereafter).

For an extraction by nmeans of conparative correlation, which
will be nentioned several tines in what follows, the short-

termcross correl ation
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T

1
r=ork jx(t)y(t)dt *

-T

X(O)erry()ers

are considered for the interval [-T,T] as well as the signals
x(t),y(t), and only those correl ated signal parts of x(t) and

y(t) are extracted for which r=+1.

Since only nei ghboring | oudspeakers generate phant om
sources, it is possible to extract fromBtFL, BtFC and Bt FR
by way of conparative correlation for exanple approxi mately
Bt FL*, Bt FC' and Bt FR':

For this purpose, first BtFCis added to BtFL' respectively
BtFR with a | evel reduced by -3dB. BtFL' is then added to
FL' respectively BR with a |l evel reduced by -3dB, and BtFR
is then added to FR respectively BL” with a |evel reduced
by -3dB. BtFL then represents approximately the correl ated
part of FL' and BR , BtFR approxinmately the correl ated part
of FR and BL’ and Bt FC approximately the correl ated part of

the two | ast nmentioned correl ated parts.

In such a process, only those correlated parts that were
included in FL, BR as well as FR and BL prior to our downm X
and woul d thus be extracted at the sanme tinme and excl usively
di spl aced onto BtFL*, BtFR* as well as Bt FC* represent a

probl em

The sane also applies incidentally for each signal extracted
by means of conparative correlation, which results in the
basi ¢ problem of the fundanmental inpossibility of an

absol ute reconstruction of a higher-order signal froma

| ower -order signal exclusively by neans of conparative
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correlation. Here, the non-linear inverse coding could open

up conpl etely new perspecti ves.

The problemcan be mtigated if for exanple the absolute

| evel s of the signals previously avail able or obtained
stepwi se are known and thus, since the degree of correl ation
for the relevant signal parts in each case anbunts to +1, it
iIs possible to draw conclusions as to the respective |evel

of the correlated signal parts in all channels in question:

Thus, for exanple, the correlated signal part with the
absol ute | evel p; of BtFL, which was added respectively to
FL' (with known absolute level p,) and BR (w th known

absolute level p;) with the absolute |evel p, —3dB, enables
its approxi mate extraction by nmeans of conparative

correl ation, wherein henceforth the resulting signal BtFL"
has the absolute level p;, and its subtraction with the
absolute level p;—3dB of FL' with the absolute |evel p,
resp. its subtraction wth the absolute |evel p;,—3dB of BR

with the absolute |level p; receives the original correlated
signal partsfin the resulting channels — however, only

approxi mat el y.

Simlarly, for exanple, the correlated signal part with the
absol ute | evel p, of BtFR, which was added respectively to
FR (with known absolute level ps) and BL' (wi th known

absolute level ps) wth the absolute | evel p,—3dB, enables
its approxi mate extraction by nmeans of conparative
correlation, wherein henceforth the resulting signal BtFR

has the absolute level p, and its subtraction with the
absolute level p,—3dB of FR with the absolute |evel pg

resp. its subtraction with the absolute |evel p,—-3dB of BL’
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with the absolute level pg receives the original correl ated
signal parts in the resulting channels — however, only
approxi mately.

Bt FC' is subsequently extracted using the conparative
correlation of BtFL* and Bt FR'.

A downm x matrix can in particular take into account the
fact that the achi eved downm x can be reproduced i nmedi ately
as a signal of |lower order on a specific |oudspeaker

configuration:

If for exanple a 12.1 signal is considered, that represents
a subset of the | oudspeakers for Hamasaki 22.2 (FL, FC, FR
LFE2, SiL, SIR BL, BR, TpFL, TpFR TpBL, TpBR, TpC, see
FIG 3), and its downm x is supposed to be a 7.1 surround
signal, a fictitious TpC can be defined in a simlar way as

in the exanpl e above.

In particular, TpFL and TpBL with their respective |levels
reduced each by -3dB are added together and the resulting
sumis added to FL' and BL' respectively, with a |evel
reduced by -3dB. In a simlar fashion, TpFR and TpBR with a
| evel respectively reduced by -3dB are added together and
the resulting sumis added to FR and BR respectively, with

a level reduced by -3dB.

The associ ated downnmi x matri x can be seen in FIG 4.

Al though for surround 7.1 henceforth the correlated parts of
FL and BL resp. of FR and BR usually end up on SiL resp.

SiIR, in the case of the present downm x matri x the sum of
two | oudspeakers each of the Top Layer then rests on FL' and
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BL' resp. FR and BR of the Mddle Layer, which in an
optim zed manner takes into account in particular the
psychoacoustic fact that the | oudspeakers of the Top Layer
advant ageousl y reproduce indirect sound, and the resulting
downm x is then displaced onto the | oudspeakers preferably
suitable therefor — and can thus as advant ageously be

i mredi ately reproduced on a 7.1 surround system

On the other hand, the sum of TpFL, TpBL and TpC resp. the
sum of TpFR, TpBR and TpC can easily be extracted
approximately with the above-descri bed conparative
correlation of FL' and BL’ resp. FR resp. BR. This is of
crucial inportance for the respective inverse codi ng of

t hese suns (see below) and thus for the approxi mate
reconstruction of the signals for TpFL* and TpBL" resp. TpFR
and TpBR'.

Both represented downm x matrices represent concrete
exanples, that follow I TU-R BS. 775-1; however, other |eve
corrections than -3dB and -6dB are, as can be readily
understood, easily possible and in the concrete case

desi rabl e.

Level corrections nodified in this way can occur for exanple
when asymmetrical angles — in the case of multinedia
applications for exanpl e because of taking into account an
optimum stereo basis for FLc, FRc in the case of an

i ncreased screen — occur for the respective | oudspeaker
configuration, or an adaptive downm x (see above) or also a
techni cal conbi nation that conprises both el enments of an
adaptive as well as elenents of an automatic downm x is

appl i ed.
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Di ckreiter (M chael Dickreiter: Handbuch der
Tonst udi ot echni k [ Handbook of Sound Engi neering], vol. |I. -
Saur: Minich 1987) shows on page 375 the attenuation
characteristic of a panoram c potentioneter fromthe state
of the art (see FIG 13). This attenuation characteristic
can al so be used as basis for the cal cul ation of the above-
menti oned, nodified | evel corrections.

Al t hough for exanple with an angle of 30° between FC and
FLc, wherein the angle between FL and FC is 60°, FLc is
added to both FC as well as to FL with each tine -3dB
(position 0°), for exanple in the case of an increased angle
of 45° between FC and FLc, wherein the angle between FL and
FC is again 60°, FLc is now added to FC with -7dB and to FL
with -1dB (position 15° = 45° - 30°).

In the case of the exclusive reproduction of the signals FC
and FL’ thus obtained, the phantom source of a virtual FLc
is formed. Simultaneously, by using extraction by neans of
conparative correlation with known | evel corrections of
signals previously avail able or obtained stepwise, it is
possi bl e again to easily cal cul ate approximately FLc and
again to produce approximately FC as well as FL prior to the
respective mxing of FLc. This principle can be extended in
a generalized fashion to any nunber of neighboring

| oudspeakers (see also the explanations above re: “virtual

| oudspeaker”). It furthernore enabl es | oudspeaker positions

to be subsequently nodified (“Flexible Rendering”).

Usi ng inverse coding incidentally also allows such a
flexible rendering; in this case, for exanple the gain 717
of FIG 5 resp. 6 for an increased | oudspeaker distance is
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i ncreased proportionally resp. for a decreased | oudspeaker

di stance i s decreased proportionally.

D fferent |oudspeaker distances can furthernore be
conpensat ed t hrough correspondi ng gai ns and del ays, so that
it can easily be seen that signals for any configurations of
at | east three | oudspeakers can be derived fromany given
signal of any order, in accordance with the foll ow ng
princi pl es:

e summ ng of signals,

e use of level corrections for respective sumed signals,

e extraction of signals by neans of conparative
correl ation,

e use of level corrections for signals previously
avai |l abl e or obtained stepw se,

e normalizing of obtained signals on the basis of known
| evel s of signals previously avail able or obtained
st epw se

e obtaining further signals on the basis of the
respective subtraction of signals previously avail able
or obtained stepw se, each with or w thout |evel
corrections,

e obtaining signals on the basis of inverse coding,

e adaptation of the |evel of further channels to the
| evel of signals previously avail able or obtained
st epwi se,

e if applicable, correction of different |oudspeaker
di stances by neans of gains and del ays,

e obtaining further signals fromsignals previously

avai |l abl e or obtained stepw se.
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Non-|inear inverse coding

A further characteristic of non-linear inverse coding is
based on the observation of the unexpected fact, which
contradi cts previous experience, that on the one hand, it is
possi bl e to subject a downm x generated with any techni cal
means to a linear inverse coding in order to generate a

hi gher-order signal as conpared with the downm x, on the
other hand to reproduce in different |levels the audio
channel s generated through |inear inverse coding, wherein
these |l evels can be derived fully or partly fromthe |evels
used for the automatic or adaptive downm x or can al so be
determned fully or partly independently fromthe latter.
Alternatively to this, the optim zation of the non-Ilinear
coding of a downm x generated with any technical neans can
take place already on the basis of their differently

nodul at ed out put channel s.

In both cases, it is again possible on the basis of an
automati c or adaptive downm x or also of a technical

conbi nation that contains both el enents of an adaptive as
well as elenments of an automatic downmi x to cal cul ate
signals of a higher order, which on the one hand enabl es

hi gher-order signals to be enbedded efficiently in | ower-
order signals (which can ideally be reproduced i mredi ately
as downm x), or — inasmuch as the requirenents of the
decodi ng systenis conmputing power are designed so that only
l[ittle conputing capacity is available for decodi ng and
reproduci ng audi o data — high-quality nulti-channel signals
can neverthel ess be reproduced.

Such a reproduction can take place via a | oudspeaker
configuration corresponding to the reproduction format of



10

15

20

25

30

27

the resulting multi-channel signal, via a | oudspeaker
configuration sinulating such a reproduction format (for
exanpl e by nmeans of state-of-the-art wave field synthesis
based on the principle of Huygens) or also via headphones or
| oudspeakers, so that in this case the | oudspeaker positions
are sinul ated by neans of the Head Rel ated Transfer
Functions (HRTF) or Binaural Room | npul se Responses (BRI R)

known in the prior art.

The exanple of an inventive basic circuit for non-Iinear
inverse coding is represented in FIG 5 which is
characterized through the downstream connecting of at | east
one gain (50001) in the left or right output channel. FIG 6
on the other hand shows the downstream connection of two

di fferent gains (60001, 60002) that have proven particularly
advant ageous for the non-linear inverse coding of conplex
mul ti -channel signals. For the basic node of operation of
both circuits, with the exception of the above-nentioned
gai ns (50001, 60001, 60002) represented in FIG 5 and FIG

6, reference is nmade to EP1850629, WX009138205,
W02011009649, WR011009650, WO2012016992 and W2012032178.

For the sake of sinplicity, we will use hereinafter for each
out put channel of a non-linear inverse coding according FIG
5 resp. FIG 6 the designation I;(lj)), wherein it is witten in

the case of missing gain with the factor [; in the respective

out put channel I;(1).

Simlarly, we use “k=+1" to indicate those channels on the
basi s of which an extraction occurs by nmeans of conparative
correlation. If the result is subsequently nornalized on the
basis of known | evels of signals previously avail able or
obt ai ned stepw se, we call this process “absl”. If a channel
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is equalized to such a normalized signal in such a way that
on the one hand its |evel characteristics are to remain the
same and on the other hand if the gain [; of I;(;) in relation
to the current |level of this channel is to be effective for

it, we wite ()"

The exanple of a non-linear inverse coding, here on the
basis of the downm x matrix represented in FIG 2, is
constituted with the above prelimnary observations by the
matrices of FIG 7 until FIG 12 to be executed successively
in nunerically ascendi ng sequence. These matrices are to be
read in analogy to the dowm x matrix represented in FIG 2
and expl ai ned above, bearing in mnd the above-nenti oned

desi gnations [;(l;) resp. [;(1), “k=+1", “absl® as well as I(l)".

FIG 7 illustrates the extraction by neans of the
conparative correlation of FL' and FR, resulting in FC, of
FL' and BL', resulting in SiL’, of FR and BR, resulting in
SR, of BL'” and BR, resulting in BC, of TpFL" and TpFR ,
resulting in TpFC , of TpFL’ and TpBL’', resulting in TpSiL
of TpFR and TpBR , resulting in TpSiR, of TpBL' and TpBR ,
resulting in TpBC, of FL’ and BR, resulting in BtFL', and
finally of FR and BL', resulting in BtFR .

FIG 8 illustrates the conparative correlation between BtFL’
and BtFR, resulting in BtFC .

FC, SiL', SiR, BC, TpFC, TpSiL', TpSIR, TpBC, BtFC
are then normalized in FIG 9 to the known | evels of the
original signal of the sane nane.

These normalized signals FC, SiL", SIR, BC, TpFC, TpSiL",
TpSI R, TpBC, BtFC are in turn subtracted with the | evel
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agai n reduced by -3dB of the respective nei ghboring signals
of the same |ayer, thus resulting according to FIG 10 in
FL'’, FR ', BL*, BR, TpFL*, TpFR, TpBL", TpBR, BtFL* and
Bt FR'.

FIG 11 in turn illustrates the non-linear inverse coding of
FL’’, thus resulting in FL'’’ and FLc'. FLc' appears
anplified by neans of a gain by the factor 0.7071. A non-

I inear inverse coding of FR' also takes place, resulting in
FR '’ and FRc’'. FRc’ al so appears anplified by neans of a
gain by the factor 0.7071.

In FIG 12, finally, FL'’’ and FR'’ are normalized to the
known | evels of the original signals of the same nane, thus
resulting finally in FL* and FR'. The channels FLc' and FRc’
are then equalized to the signals FL* and FR thus
normal i zed, so that all |evel characteristics of the non-

| inear inverse coding are maintained (thus the gains remain
effective for the channels respectively with the factor
0.7071 in relation to the current |evel of these channels),

thus resulting finally in FLc® and FRc".

The neans resp. mnethodol ogi es used for this non-Ilinear

inverse coding in turn conprise:

e summ ng of signals,

e application of level corrections for respectively
sumed si gnal s,

e extraction of signals by neans of conparative
correl ation,

e use of level corrections for signals previously

avai |l abl e or obtained stepw se,
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e normalizing of obtained signals on the basis of known
| evel s of signals previously avail able or obtained
st epw se

e obtaining further signals on the basis of the
respective subtraction of signals previously avail able
or obtained stepw se, each with or w thout |evel

corrections,

e obtaining signals on the basis of inverse coding,

e adaptation of the |evel of further channels to the
| evel of signals previously avail able or obtained
st epwi se,

e if applicable, correction of different |oudspeaker
di stances by neans of gains and del ays (see above),

e obtaining further signals fromsignals previously

avai |l abl e or obtained stepw se.

Furthernore, the exanple of an associated non-|linear inverse
decodi ng of a downm x signal according to FIG 4 can be
easily derived fromFIG 5 and FIG 6 for the above exanple
of a three-dinensional system 12.1 (which represents a
subset of the Hamasaki 22.2 system), wherein again with the
above prelimnary observations the matrices of FIG 14 unti
FIG 18 are to be executed successively in nunerically
ascendi ng sequence. The matrices are to be read in anal ogous
manner to the downm x matri x represented in FIG 4 and
expl ai ned above, this again involving the designations

mentioned above [;(};) resp. [;(1), “k=+1*, “absl“ as well as

L)

FIG 14 represents the approximate extraction of the above-
mentioned sum TpL’ of TpFL, TpBL and TpC by neans of
conparative correlation of FL' and BL’ and |ikew se the
approxi mate extraction of the above-nentioned sum TpR of
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TpFR, TpBR and TpC by neans of conparative correlation of
FR and BR .

According to FIG 15, TpL' is then nornmalized to the initia
| evel of the sum of TpFL, TpBL and TpC and yields TpL'’.

Li kew se, TpR is also normalized to the initial |evel of
the sum of TpFR, TpBR and TpC and yields TpR '.

In FIG 16, TpL'’ is then subtracted respectively fromFL’
and BL” with a |l evel decreased by -3dB, which in this way
then results in FL* and BL*. Simlarly, TpR ' is subtracted
respectively fromFR und BR wth a | evel decreased by -
3dB, which in this way then results in FR and BR'.

FIG 17 now illustrates the non-linear inverse coding of
TpL’’, which results in TpFL’’ and TpBL'’. TpBL'’ appears
anplified by nmeans of a gain by the factor 0.7071.
Simlarly, a non-linear inverse coding of TpR ' takes pl ace,
which results in TpFR’ and TpBR ’'. TpBR ' al so appears
anplified by nmeans of a gain by the factor 0.7071.

Finally, in FIG 18 TpFL'® and TpFR ' are normalized to the
known | evels of the original signals of the sanme nane, thus
resulting in TpFL* and TpFR. The channels TpBL'® and TpBR’
are then equalized to the signals TpFL* and TpFR thus
normal i zed, so that all |evel characteristics of the non-

| inear inverse coding are maintained (thus the gains remain
effective for the channels respectively with the factor
0.7071 in relation to the current |evel of these channels),
thus resulting finally in TpBL* and TpBR'.

In particular, the principles of a fictitious TpC descri bed
above are agai n appli ed.
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The neans resp. methodol ogi es associated with this non-

I inear inverse coding in turn conpri se:

e summ ng of signals,
e application of level corrections for respectively

sumed si gnal s,

e extraction of signals by neans of conparative
correl ation,

e use of level corrections for signals previously

avai |l abl e or obtained stepw se,

e normalizing of obtained signals on the basis of known
| evel s of signals previously avail able or obtained
st epw se

e obtaining further signals on the basis of the
respective subtraction of signals previously avail able
or obtained stepw se, each with or w thout |evel

corrections,

e obtaining signals on the basis of inverse coding,

e adaptation of the |evel of further channels to the
| evel of signals previously avail able or obtained
st epwi se,

e if applicable, correction of different |oudspeaker
di stances by neans of gains and del ays (see above),

e obtaining further signals fromsignals previously
avai |l abl e or obtained stepw se.

Appr oxi mati on of existing nulti-channel signals by neans of

I inear or non-linear inverse decoding

It is obvious, starting froma linear or non-linear inverse

decoding, to determne its paranmeters in such a way that an
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approxi mati on as high as possible of the resulting signal to

the initial nmulti-channel signal is achieved.

Such signal approximations on the basis of |inear inverse
codi ng have al ready been addressed exhaustively in the
docunents EP1850629, WO2009138205, W02011009649,
WO2011009650, WO2012016992 and WO2012032178 cited by way of

r ef erence.

Hereinafter, for all approximations or optim zations
described, for the case of an approximation or optimzation
on the basis of a non-linear inverse coding, it wll be
tacitly assunmed that besides the known paraneters of the
associ ated linear inverse coding, the gains (50001, 60001,
60002) of FIG 5 and FIG 6 can be involved in this

approxi mati on or optim zation. Thus, for exanple, in FIG 1B
of WD2012016992 respectively in L and R a gain (60001 and
60002) each according to FIG 6 of the present application
is to be specified and instead of “new ¢ or f or o or B“,

rather “new ¢ or f or a or Bor l1 or 12" is to be specified.
In a first step, the automatic or adaptive downm x or also a
techni cal conbi nation that conprises both el enents of an
adaptive as well as elenents of an automatic downm x, is
defined and, according to this downm x or this technical
conbi nation, those signals are forned that represent the

i nput signals of the respective non-linear inverse coding.

In a second step, the degree of correlation r of the
original signal pair, which subsequently is to be

approxi mated via non-linear inverse coding, is determ ned on
the basis of the short-termcross-correlation. Reference is
made in this connection to WX2011009649, page 12 (line 7)
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until page 13 (line 10), as well as to WO2011009650, page 17
(l'ine 16) until page 19 (line 8).

| nasnuch as these are discrete signals, this degree of
correlation r can be negative or lie in the region of 0. In
the case of an inverse coding, which starts froma single-
channel input signal, this would result in a signal that,
although it is strongly de-correl ated, for transient, voice
or vocal recordings would sinmultaneously result in strong
artifacts.

It is therefore expedient, in a third step, to thus correct
the target correlation k represented in WO2011009650 (for
exanple FIG 1) upwards so that artifacts are avoi ded as
much as possi bl e.

Such a correction depends on the kind of signal. By way of
reference value for the artifact-free |inear inverse coding
for exanple of |anguage or vocal perfornmances, one mnust
assune k >40.66, for the artifact-free linear inverse coding

for exanple of nmusic or noise with strong transients k> +0.40
and for the artifact-free linear inverse coding for exanple

of nmusic or noise without strong transients k> 0.00

The technical assessnent as to which category an audio
signal that is to be inversely coded belongs is part of the
state of the art and will therefore not be dealt with any
further. As arule, it will be sufficient to detect the
human voice as well as strong transients and for val ues of
the respective degree of correlation r bel ow said | ower
threshold to specify precisely this | ower threshold for the

target correlation K.
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Thus, in linear inverse coding for exanple for a vocal
signal with the degree of correlation r=40.45, the
associated target correlation is specified with said | ower
threshold k=+40.66, for a signal wth transients having the
degree of correlation r=+40.15, the associ ated target
correlation is specified with said | ower threshold k= 0.40,
and for any other signal with the degree of correlation r=
—0.15 the associated target correlation is specified with

said | ower threshold k=0.00.

I f the degree of correlation r of a signal with a specific
nature i s above the |lower threshold that woul d be expedi ent
for it, on the other hand, k=r applies for the target

correl ati on.

Said | ower thresholds apply as nmentioned in particular for

| inear inverse coding. In non-linear inverse coding, in the
case of signals for exanple of the order 7 (for exanple
surround 7.1, inasnmuch as the LFE channel is not included)
or higher, said |ower thresholds for the specific signal
types can also be | owered by a value between -0.10 to -0. 15,

wi t hout said nentioned artifacts occurring in the end.

The linear or non-linear inversely coded signal is then
optim zed in such a manner that its degree of correlation r
determ ned on the basis of the short-tinme cross-correlation
mat ches the specified target correlation k. Reference is
again made to WO2011009649, page 12 (line 7) until page 13
(line 10), as well as to WO2011009650, page 17 (line 16)
until page 19 (line 8).

In an optional fourth step, the position of the phantom
sources for the original signal pair resp. for the linear or
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non-linear inversely coded signal to be optimzed is
determ ned for exanple using the state-of-the-art Karhunen-
Loéve transformation (KLT) or Principal Conponent Analysis
(PCA)- or also its algebraic invariants according to
EP1850629, WO2009138205, W2011009649, WO2011009650,
WO2012016992 and WO2012032178. A conbi nation of the just
menti oned nethods is al so possi bl e.

In this manner, it is possible to first performa Karhunen-
Loeve transformation (KLT) for exanple on a signal section
of for exanple 40nms of the original signal pair, on the
basis of which then as nentioned in WO2012016992 on page 4
(line 22) until page 5 (line 2) the conbination f*(t) or

several conbinations fi*(t), f,"(@®), ..., f,"() of at least two
signals s;(t), n si(t), s,(t), ..., syu(t) resp. of their transfer
functions t;(s(t)), t,(s,(t)), ..., tp(s,(t)) — or also the freely

definable function f#(t) or the freely definable functions
fi#(t), f2#(), ..., fu#() of one signal s#(t) or several signals
s1#(t), sx#(t), ..., sp#(t) — considered on the conpl ex nunber

pl ane resp. their projection on the relief defined by the
norm of all points of the conplex nunber plane (the standard
cone whose tip lies in the origin of the conplex nunber

pl ane and whose axis of symetry is perpendicular to the
conpl ex nunber plane) — is for exanple nmulti-defined in such
a way and subsequently considered in parallel to one another
such, that one of the main conponents of the Karhunen-Loeve
transformation respectively represents a subset of the plane
described in WO2012016992 on page 7 (lines 17 to 22) resp.
on page 10 (lines 11 to 20).

Subsequently, the algebraic invariants of the original
signal pair resp. of the linear or non-linear inversely

coded signal to be optim zed are then determ ned accordi ng
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to WO2012016992, page 10 (line 21) until page 12 (line 3)
and for exanple optim zed according to the figures for
W2012016992, described extensively frompage 19 (line 1)
until page 78 (line 15).

In WX2012016992 (FIG 1B, FIG 3A, FIG 4A FIG 5A FIG
6A, FIG 7A, FIG 7B, FIG 8A) it is optionally possible
respectively to insert immediately in L or Ra gain
according to FIG 5 or FIG 6 of the present application and
thus imedi ately optim ze the already non-linear inversely
coded si gnal

The consi dered original signal pair resp. the linear or non-
linear inversely coded signal to be optim zed can be
considered resp. optimzed in an optional fifth step in
respect of the main reflections as well as the reverb
diffusion. To this effect, a signal section of 40ns is
generally sufficient in order to keep the latency of the
entire coding correspondingly |low and yet record al

essential paraneters.

From page 28 (line 14) until page 36 (line 8) in
W2012032178, the technical inplenentation of such a spati al
optim zation is described, which corresponds to an ideal

equi val ent of said fifth step.

A bl ock schema of said optimzation step is shown in FIG
19.

All mentioned steps can be perforned in a nodified sequence
or fully or partly in other conbined partial steps — or can
al so be fully or partly omtted as such
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Besi de the just nentioned optim zation, one or several of
the optim zations nmentioned in EP1850629 or W2009138205 or
W02011009649 or WO2011009650 or W02012016992 or WR2012032178
can be used additionally or alternatively.

For the optim zation of the previously linear inversely
coded signal (so that its degree of correlation r determ ned
on the basis of the short-time cross-correlation matches the
specified target correlation k), it is thus possible for
exanpl e to advant ageously include as additional conponent of
the third step the algorithm described in WO2012032178 from
page 25 (line 5) until page 28 (line 13), for weighting the
fictitious opening angles o and B for a previously specified
target correlation k. Only the appropriate weight p is then
to be determ ned before the fourth and fifth step are

execut ed.

In an alternative, sinplified technical solution, the sane
al gorithm si nul taneously replaces entirely the fourth and
fifth step. In practice, it is thus possible in the case of
a concl udi ng non-linear inverse coding whilst maintaining
the paraneters of the linear inverse coding to already

achi eve exceptional results with such a configuration.

Interestingly, the optim zation therefore supplies on the
basis of a linear inverse coding conpletely first-class
results, provided during the subsequent non-linear inverse
coding the paraneters of the linear inverse coding are
mai nt ai ned whil st a gain (50001) according to FIG 5 or
gai ns (60001, 60002) according to FIG 6 are added. This can
be attributed to the fact that, when the nunber of channels
i ncreases, the human ear assesses transparency less in terns

of the absolute position of the phantom sources but rather
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in ternms of the energy density of the sound field, and in
particular in the case of an increasing nunber of
reproduction channels, the i medi ate psychoacoustic | ocation
of the | oudspeakers, i.e. nearly point-shaped sound sources,
predom nates by conparison with the perception of phantom
sources between the | oudspeakers, on which a nodified choice
of the paraneters of the inverse coding, which defines

rat her the absolute position of the phantom sources on the
stereo base between two | oudspeakers, itself no |onger

exerts any essential influence.

This fact constitutes a clear sinplification of the entire
system since the linear inverse coding has in particul ar
t he advantage over a non-linear inverse coding of a
honmogenous stereo base, which significantly sinplifies
optim zation — in particular in ternms of the degree of
correlation, location of the phantom sources and nain

reflections as well as reverb distribution.

Paraneters of non-linear inverse coding of a nmulti-channel

signal with or without Base Audi o Coder

Fromthe automatic or adaptive downm x or froma technica
conbi nati on containing both el ements of an adaptive as well
as elenents of an automatic downm x, as well as fromthe
approxi mati on of existing rmulti- channel signals by neans of
I inear or non-linear inverse coding described above, it is
possible to derive a significantly reduced data format — as
far as the bandwi dth of the original nmulti channel signal is
concerned — for just this nmulti-channel signal that, in
addition to the downm x — possibly conpressed with Base
Audi o Coders — can in particular contain the foll ow ng

i nformati on:



10

15

20

25

30

40

e structure of the dowm x matrix (for exanple FIG 4),

e absolute level of the original signals as well as
signals generated stepwi se in the dowm x (for exanple
in FIG 20 indicated with pi1, p2, ..., pn);

e formund paraneter of the respectively used inverse
codings (for exanple all gains and del ays according to
FIG 5, which can vary with each inverse coding Ji, J2),

e structure of the decoder and form of decoding (for
exanple FIG 14, FIG 15, FIG 16. FIG 17, FIG 18);

e possibly type of the Base Audi o Coders used (for
exanple in FIG 20 HE- AAC and HE- AAC v2), the form of
encodi ng as well as each of the respective bitrates.

It is easy to understand that these data, which in optim zed
presentation exhibit exceptionally |Iow bitrates, unlike the
permanent Spatial Bitrates known fromthe state of the art
and which can only be used as header information or (for

i ncreased security) can al so be saved or transferred as
data. The anplification factors, |evel and/or other
paraneters for the non-linear inverse coding can be
transmtted once for each signal section (for exanple every
second). (The permanent transm ssion, for exanple related to
a sanple or a frame or its section is, though inpractical,

of course al so possible, especially if the |level of the

out put channels of an inverse codi ng should change over the
course of tinme, due to the use of an adaptive downm x for

exanpl e.)

The concrete exanpl e of such a possible data format is shown
in FIG 20.
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Loudness correction of a multi-channel signal obtained by
means of non-linear inverse coding with or without Base
Audi o Coder and Dynam c Range Control (DRC)

It is indeed desirable to increase or decrease the |evels of
t he output channels of a multi-channel signal obtained by
means of non-linear inverse coding, by a uniformvalue, in
order to create the sanme subjective inpression of |evel of

| oudness as with the original nmulti-channel signal prior to
the non-linear inverse coding. This increase or decrease of
the overall |evel can be achieved by neans of the absol ute

| evel s of the original signals or signals generated stepw se
in the downm x or on the basis of neasurenents or

cal cul ations of the subjectively perceived auditory | evel
(“loudness”), for exanple on the basis of nethodol ogies
described in ITUR BS. 1770- 3: 2012. Such an increase or
decrease can be applied constantly over the course of tine
or be adapted over the course of tinme in a continuous or

non- cont i nuous manner.

This increase or decrease of the overall level can in
particul ar take into account the characteristics of a Base
Audi o Coder, which can exert considerable influence on the
subj ective inpression of the auditory |evel of a nulti-

channel si gnal

Li kewi se, the nethodol ogy of a so-called Dynam c Range
Control (DRC) can be applied to a nulti-channel signal,
using a nyriad of aspects to influence the |evel nodul ation
of a nmulti-channel, so that the |istener perceives an
optim zed result.
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Derivation of any signals of higher or |ower order froma
mul ti - channel signa

Fol |l owi ng the above explanations, it is easy to see that a
hi gher |evel signal with any position of |oudspeakers can be
derived fromany multi-channel signal, since non-existing
channel s can be derived on the basis of existing or obtained
| oudspeaker signals for exanple by nmeans of a |inear or non-

i near inverse coding.

It is equally easy to see that a | ower-order signal with any
position of | oudspeakers can be obtained fromany multi-
channel signal, since existing channels by neans of an
automatic or adaptive dowm x — or of a technical

conbi nation that contains both elenents of an adaptive as
well as elenments of an automatic downm x — can be reduced,
and for determ ning the respective |levels of previously
avai |l abl e or obtained stepw se signals, the attenuation
characteristic of a panoram c potentioneter fromthe state
of the art can be used. It is also possible to use a |inear
or non-linear inverse coding for the optim zation of the
respective generated phantom sound sources and the energy

density of the sound field.

In summary, the follow ng can be stated: “Ilnverse codi ng”
and in particular, “linear inverse coding” describes a
techni cal process that generates spatial audio signals

t hrough the specific application of gains and del ays that
are functionally interdependent. In particular, such an
“inverse coding“ or “linear inverse coding” can conprise a
summation el enment, an MS-Matrix and one gain connected
downstream of this summation el enent or two potentioneters
connect ed downstream of the MS matri x.
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A “non-linear inverse coding” is characterized by the
superficially inappropriate additional downstream connecti ng
of at |least one gain (50001) in the left or also the right
out put channel of a configuration for “inverse codi ng® or

“linear i1inverse coding”.

The invention is not restricted to the enbodi nent descri bed
but all enbodinents within the scope of protection of the

invention formpart of the invention.

I nstead of the non-linear inverse coding in the upm x device
inclaim3l, it is also possible alternatively to use linear
i nverse codi ng or other nethods of pseudo-stereophony.

An anplification, in the sense of the claim can nmean an
anplification factor either greater or smaller than 1, i.e.
an anplification according to the invention may al so nmean an

attenuati on

Two signals based on a nmulti-channel signal can both be two
di rect channels of the nulti-channel signal or one (or both)
of the two signals can be based on the conbination of two
channel s of the nmulti-channel signal. The sanme is true for

signal s based on a downnm x si gnal

The term codi ng enconpasses both the term encodi ng as well

ad decodi ng.

The term upm x descri bes the formation of a higher nunber of

channels froma | ower nunber of channel s.
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The term downni x descri bes the fornmati on of a | ower nunber

of channels from a hi gher nunber of channels.
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CLAI M5

1. Upm x or coding device for an audi o signal,

conpri si ng:

an inverse coding device for determining a first
channel and a second channel through linear inverse coding
froman input signal

characterized by

a first gain (50001) connected downstreamto the
i nverse coding device in the first channel; or

a first gain (60001) connected downstream of the
i nverse coding device in the first channel and a second gain
(60002) connected downstream of the inverse coding device in
t he second channel, that is different fromthe first gain
(60001) .

2. Upm x or coding device according to claim1, designed
for producing or further processing the first channel
anplified with the first gain (50001, 60001) w thout
conbination with the second channel, and/or for producing or
further processing the second channel anplified with the
second gain (60002) w thout conbination with the first

channel .

3. Upm x or coding device according to one of the clains
1 to 2, wherein the first gain (50001, 60001) and/or the
second gain (60002) is/are chosen depending on at |east one
paranmeter of a downm x that was used for generating the

i nput channel .

4. Upm x or coding device according to one of the clains
1 to 2, having an optim zation device designed for adjusting
the value of the first gain (50001, 60001) and/or of the
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second gain (60002) depending on the first channel and/or

t he second channel .

5. Upm x or codi ng device according to one of the clains
1 to 3, wherein the first gain (50001, 60001) and/or the
second gain (60002) is/are permanently set.

6. Upm x or coding device according to claim5, wherein
the value of the first gain (50001, 60001) corresponds to

0.5 or 1/V2.

7. Upm x or coding device according to one of the clains
1 to 6, having a level correcting device connected
downstream of the inverse coding device and the first gain
inthe first channel and the second channel, designed for
adjusting the levels of the first channel and of the second
channel depending on at |east one paraneter of a downm x
that was used for generating the input channel or depending

on a received | evel.

8. Upm x or coding device according to claim3, 5, 6 or
7, wherein the input signal is generated fromtwo signals
that are based on a nulti-channel signal by neans of
wei ghted addition and the at | east one paraneter of the
downmi x corresponds to the weighting of the two signals or

of the output signals.

9. Upm x or coding device according to one of the clains
1, 2, 3 or 7, having a receiver device for receiving the
i nput signal and a first value and/or second val ue, wherein
the first gain is adjusted according to the received first
val ue and/or the second gain is adjusted according to the

recei ved second val ue.
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10. Upm x or coding device according to one of the
claims 1 to 9, wherein the inverse coding device is designed
for determning the first channel and the second channel on
the basis of paraneters received with the input signal

11. Upm x or coding device according to one of the
clains 1 to 10, wherein the inverse coding device is
designed for determ ning at | east one gain of the inverse
codi ng device and at | east one delay of the inverse coding
device on the basis of an angle between a sound source and a
mai n axis of a mcrophone, a virtual |eft opening angle, a
virtual right opening angle and a directional characteristic
for the input signal, and for determning a first
i nternedi ate signal and a second internediate signal on the
basis of the at | east one delay and of the at | east one gain
of the inverse coding device, and for determ ning the first
channel and the second channel on the basis of the first

i nternedi ate signal and of the second internediate signal.

12. Upm x or coding device according to claim 11
wherein the inverse coding device is designed for
generating, on the basis of at |east one weighting factor,
the first channel and the second channel, each by neans of
t he wei ghted addition and/ or wei ghted subtraction of the

first and second internediate signal

13. Upm x or coding device according to claim11l or 12,
wherein the inverse coding device is designed for
determ ning two delays on the basis of the angle between the
sound source and the main axis of the m crophone, of the
| eft opening angle, of the right opening angle and of the
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directional characteristic, and for correcting these two

del ays through a common tinme factor (s).

14. Upm x or coding device according to one of the
clains 11 to 13, wherein the angle between the sound source
and the main axis of the m crophone, the |left opening angl e,
the right opening angle and/or the directional

characteristic are constant.

15. Upm x or coding device according to one of the
claims 1 to 14, having an optim zation device for
determning a suitable value for the first gain (50001,
60001) and/or for the second gain (60002) and/or for
paraneters of the |inear inverse coding.

16. Upm x or coding device according to claim15,
wherein the optim zation device is designed for determ ning
the degree of correlation of the two channels reconstituted
fromthe downm x or the two signals underlying the downm x
and for determ ning the value of the first gain (50001,
60001) and/or the second gain (60002) and/or the paraneters
of the linear inverse coding dependi ng on the degree of

correl ati on.

17. Upm x or coding device according to claiml16,
wherein the optim zation device is designed for determ ning
the value of the first gain (50001, 60001) and/or the second
gain (60002) and/or the paranmeters of the linear inverse

codi ng depending on a target degree of correlation.

18. Upm x or coding device according to claim 19,
wherein the optim zation device is designed to determ ne the
target degree of correlation on the basis of the nature of
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the two channels, the nature of the first downm x channel
the nature of the two signals underlying the first downm x
channel and/or on the basis of the nature of the channels of
the nmul ti channel signal underlying the first downm X

channel .

19. Upm x or coding device according to claim18,

wherein the target correl ation

for voice or vocal recordings is greater than or
equal to plus zero-point-five-one (k>+40.51), in particular
greater than or equal to plus zero-point-six-six (=+0, 66),
and/ or

for transients, is greater than or equal to plus
zero-point-two-five (=0,25), in particular greater than or
equal to plus zero-point-four (=0,40), and/or

in the case of other signals, is greater than or
equal to mnus zero-point-one-five (=-0,15), in particular

greater than or equal to zero (=0).

20. Upm x or coding device according to one of the
claims 15 to 19, wherein the optim zation device contains a
conpari son device for the conparison of the two channel s
with the two signals underlying the first downm x channel in
order to determine a suitable value for the first gain
(50001, 60001) and/or for the second gain (60002) and/or for

paramnmeters of the |inear inverse coding.

21. Upm x or coding device according to one of the
clainms 1 to 20, wherein neans for the determ nation of the

position of phantom sources are used.
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22. Upm x or coding device according to one of the
claims 1 to 21, wherein neans for a signal analysis or neans

for determ ning al gebraic invariants are used.

23. Upm x or coding device according to one of the
claims 1 to 22, wherein neans for a Karhunen-Loéve
transformati on (KLT) or Principal Conponent Analysis (PCA)

are used.

24. Upm x or coding device according to one of the
claims 1 to 23, wherein nmeans for optim zing the
determ nation of algebraic invariants on the basis of a
Kar hunen- Loéve transformation (KLT) or Principal Conponent
Anal ysis (PCA) are used.

25. Upm x or coding device according to one of the
clainms 1 to 24, wherein neans for optim zing one or several
paranmeters of a non-linear or associated |linear inverse
coding on the basis of the main reflections or the reverb

di ffusi on are used.

26. Upm x or coding device according to one of the
claims 1 to 25, wherein neans for the |level correction and
time correction of signals on the basis of the respective

| oudspeaker positions are used.

27. Upm x or coding device according to one of the
claims 1 to 26, wherein neans for wave field synthesis or
means for Head Rel ated Transfer Functions (HRTF) or neans
for Binaural Room | npul se Responses (BRI R) are used.

28. Coding device for an audio signal, conprising:

a down-m xer for generating a downm x channel by
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means of the weighted addition of two signals based on a
mul ti channel si gnal
characterized by
an optim zation device designed for determning a
suitabl e value for an upm x or codi ng device according to
one of the clains 1 to 27 for the first gain (50001, 60001)
and/ or the second gain (60002).

29. Coding device according to claim 28, wherein the
optim zati on device contains an upm x or codi ng device
according to one of the clains 1 to 27 for the
reconstruction of the two signals fromthe downm x signal to

determ ne the suitabl e val ue.

30. Codi ng device according to claim28 or 29, wherein
the optim zation device is designed to optim ze the

wei ghting of the two signals for the first downm x channel

31. Storage neans having a downm x signal, based on a
mul ti -channel signal, characterized by a value for a first
gain for an upm x or codi ng device according to one of the

claine 1 to 27.

32. Storage neans according to claim 31, further
conprising levels of channels of the nmulti-channel signal or

| evel s of channels of the downm x signal.

33. System conpri si ng:
codi ng device for generating a dowm x channel on the
bases of two signals, based on a multi-channel signal
characteri zed by
upm x or codi ng device according to one of the clains
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1 to 27 designed for the reconstruction of the two signals

fromthe first downm x channel

34. System according to claim 33, wherein the coding
device is a coding device according to one of the clains 28
to 30.

35. Met hod for upm xing or coding an audi o signal,

having the steps of:

determining a first channel and a second channel
t hrough |inear inverse coding froman input signal

characterized by

mul tiplication of the first channel with a first gain
(50001); or

mul tiplication of the first channel with a first gain
(60001) and of the second channel with a second gain
(60002), which is different fromthe first gain (60001).

36. Method for coding an audi o signal, having the steps

of :

generating a first downm x channel by neans of
wei ghted addition of two signals, which are based on a
mul ti - channel

characterized by,

determning a suitable value for a the first gain
(50001, 60001) and/or the second gain (60002) for an

upm xi ng or codi ng according to claim26.

37. Conputer program desi gned, when run on a processor
for executing the steps of a nethod according to claim35 or
36.
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38. Upm x or coding device for upm xi ng a downm x si gnal
with a first nunber of channels on a nulti-channel signal
with a greater second nunber of channels, conprising:

conparative correlation device for the formation of
at | east one inter-channel fromat |east two channels, that
are based on channel s of the dowm x signal, by extracting
the correlated parts of the two channel s,

out put device for the formation of the multi-channel
signal on the basis of the channels of the downm x signal
and the inter-channels;

characterized by

an upm x or codi ng device according to one of the
claims 1 to 27 for the generation of at |east a further
channel by nmeans of non-linear inverse coding based on the

i nter-channels or one of the channel s.

39. Upm x or coding device according to claim 38,
wherein the conparative correlation device is designed to
adapt the at |east one internediate signal to a received

| evel .

40. Upm x or codi ng device according to claim 38 or 39,
wherein the conparative correlation device is designed to
correct a channel of the downm x signal by neans of the

i nt er-channel .

41. Upm x or codi ng device according to one of the
clainms 38 to 40, wherein the downm x signal conprises four
channels of a first plane, with a front-right, back-right,
back-left and a front-left channel, and the conparative
correlation device is designed to formfromthe four
channel s of the downm x signal a front-central, a back-

central a left-central and a right-central channel
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42. Upm x or codi ng device according to claim41l,
wherein the upm x or coding device is designed according to
one of the clainms 1 to 20, to forma channel between the
front-mddle and the front-left channel fromthe front-1left
channel and/or form a channel between the front-m ddl e and
the front-right channel fromthe front-right channel



