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DEVI CE AND METHOD FOR EVALUATI NG AND OPTI M ZI NG
SI GNALS ON THE BASI S OF ALGEBRAI C | NVARI ANTS

The invention relates to signals (for exanple
audi o signals) and devices or nethods for generating,
transmtting, processing, converting and reproducing
t hem

The present invention relates in particular to
a method and a device or a systenmall ow ng concl usi ons
to be drawnon the basis of any function or functions of
one or nore signals or also of aconbination or
conbi nations of two or nore signals. In the exenplary
case of a stereophonic audio signal x(t), y(t), where
Xx(t) represents the function-value of the left input
signal at the point in tinme t, y(t) represents the
function-value of the right input signal at the point
intinm t, it is possible to observe for exanple the
sum of the transfer-functions

[x(t)/V 2] * (-1 + i)

fIx(t)]

[y(t)/V 2] * (1 +1i)

gly(t)]

in order to be able to draw conclusions as to the
properties of the signals.

These concl usi ons shoul d be reachable in
particul ar on the basis of common properties of two
different signals that appear to be conpletely random
(such as for exanple audio signals).

Met hods so far have attenpted-— with conparably
great difficulty —to sinulate this random zation
principle and thus make it useful for the signals being
anal yzed. For exanple in the case of DAB (Digital Audio
Broadcasting), a Gaussian process is sinulated with a
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so-cal |l ed Tapped Del ay Line nodel or a Monte Carlo
met hod (col ored, conplex Gaussian noise in two

di nensions) is also used for the sinmulation of the
nmobi | e radi o channel .

EP0825800 ( Thonmson Brandt GrbH) proposes the
formation of different kinds of signals froma nono
i nput signal by neans of filtering, said signals being
used — for exanple by using a nethod proposed by
Lauri dsen based on anplitude and tinme difference
corrections, depending on the recording situation — to
generate virtual single-band stereo signals separately,
whi ch are then subsequently conbined to formtwo out put
signal s.

WO 2009/ 138205 resp. EP2124486 as wel | as
EP1850639 descri be for exanple a nethod for netho-
dically evaluating the angle of incidence for the sound
event that is to be mapped, said angle of incidence
bei ng encl osed by the main axis of the m crophone and
the directional axis for the sound source, this being
achi eved by applying tine differences and anplitude
corrections which are functionally dependent on the
original recording situation (which may be interpol ated
by using the systen). The contents of WJ 2009/ 138205
resp. EP2124486 as well as of EP1850639 are hereby
i ncor porated by way of reference.

US5173944 (Begault Durand) applies HRTFs (Head
Rel at ed Transfer-functions) which correlate with 90,
120, 240 and 270 degrees azimuth respectively to
thedi fferently del ayed but uniformy anplified
nmonophoni ¢ i nput signal, the signals fornmed in turn
being finally superinposed on the original nono signal.
In this case, the anplitude correction and the tine
di fference corrections are chosen independently of the
recording situation
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CH01159/ 09 resp. PCT/ EP2010/ 055876 proposes the
downst ream connecti on of one or nore panoram c
potenti onmeters or equival ent neans in a device
according to WO 2009/ 138205 resp. EP2124486 or
EP1850639 after stereodecodi ng has taken place (after
an M5 matrix, for which the relation

—
I

(M+ S) * 1/ 2
and

R=(M- 9 * 1/ 2

appl i es, has been passed through), which -
unlike in the case of intensity stereophonic signals,
i.e. for stereo signals which differ exclusively in
terms of their levels but not interns of tine resp.
phase differences or different frequency spectra — do
not result in the intended narrowi ng of the function
width or in the intended shifting of the function
direction of the obtained stereo signals, but rather
result in the degree of correlation being increased or
decr eased.

CHO1776/ 09 resp. PCT/EP2010/ 055877 enabl es an
opti mum choi ce of those paraneters that formthe basis
for generating stereophonic or pseudo-stereophonic
signals. The user is provided with nmeans for specifying
the degree of correlation, the definition range, the
| oudness as well as further paraneters of the resulting
signal s according to psychoacoustic aspects, and hence
for preventing artifacts.

Al together, it can be said about the state of
the art that algebraic invariants so far, given the
| ack of correspondi ng basis, have never been used for
anal yzing or optim zing sound events or simlar
processes.
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Al though it has been general |l ypresuned for over
100 years since David Hilbert’s groundbreaki ng work on
al gebraic invariants that such al gebraic invariants
exist in particular for Gaussian processes (an in
particular for audio signals), it was never
successfully proven.

Di scl osure of the invention

Not only does the present invention denonstrate
such al gebraic invariants, the latter are thus mde
practically usable commercially for signal technol ogy,
for exanple for calibrating devices or nethods for
obtai ning, inproving or optim zing stereophonic or
pseudo- st er eophoni ¢ audi o si gnal s.

First, one anal yzesa conbination f~(t) or
several conbinations f.:°(t), fo°(t), ..., fp,°(t) of at
| east two signals si(t), s2(t), ..., sp(t) resp. of
their transfer-functions ti(si(t)), ta(s2t)), ...,
t{s{t))— or also the freely definable function f.%(t)
or the freely definable functions fi*(t), f.*(t), ...,
f *(t) of one signal s*(t) or several signals s;"(t),

s *(t), ..., sf(t) —on the conpl ex nunmber plane resp
their projection on the relief defined by the norm of
all points of the conpl ex nunber plane (the standard
cone whose tip lies in the origin of the conplex nunber
pl ane and whose axis of symretry is perpendicular to

t he conpl ex nunber pl ane).

The real axis, the imaginary axis and the axis
of symmetry of the cone are henceforth represented as a
Cartesi an coordi nate system w th coordi nat es(x1, X2, Xs).
The change in the opening angle of the circle yields
t he cone equation

X1%2 + X22 — (1/gH)* x3 =0
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resp. the coefficients [1 1 -1/g°?. Two cone
equations are now anal yzed:

S:=al:=1*x%+1* x2- (Ug) * x> =0
and
S =a =1l*x2+1* x5 -(Ug? * x=0.

As known, one invariant is thus

apy?:=1* 12+ 1* 12 - (1/g® * (1/g 9.

Both cones S, S are non polarif
(Vg% * (Ug?h =2
S is then inscribed harnonically in S .

| f, for exanple, one analyzes the above

conbination f"(t) or several conbinations fi°(t),
foo(t), ..., fp°(t) of two or nore signals si(t), sa(t),

., Sn{t) resp. of their transfer-functions ti(si(t)),
ta(s2(t)), ..., tu{s(t)) for two tine intervals tq, to -
or also the freely definable functionf#(t) or the
freely definable functions f,*(t), f.°(t), ..., f/(t) of
one signal s*(t) or of several signals si*(t), s2*(t),

., So'(t) for two time intervals ti, to—as well as
thefunctions S, S’ and )’ with

Troi= uali= AUl + B u? + Cus2 + 2F usus
2G ugu; + 2H uiuz

1% U2+ 1% U2+ (1/g 23 *ug2+2*1
Upuz + 2 * 1 * usup + 2 * 1 * uju,

0.

+

*
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The followng is true

aAl + bB + cC + 2fF + 29G + 2hH =0
and S and )’ should be non polar:

1*1+1*1-(1/g% * (1/g’'?% =0
or

(g% * (Ug'? =2

Thus, provided g’ = g’’ =1 and g = 1/V2
applies, the non-polarity of S with S’ and )’ 1is
ensur ed.

Consi dering the standard cone

S =1* x2+1* x2-1%*x32=0

t hus simultaneously enabl es the anal ysis of
i dentical vanishing invariants relative to S

S=1%* X12 + 1 * X22 - 2 % X32 =0
resp.
=1 x* U12 + 1 * U22 + 1 * U32 + 2 * 1 * Usus
+ 2 * 1 * usup + 2 * 1 * uius
= 0.

The rel ati on

ag?:=1* 12+ 1* 12 -2* 12 =0
is thus linear in the coefficients of the equations

Szl*X12+1*X22-2*X32:O
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and

Z':l*u12+1*U22+1*U32+2*1*U2U3
+ 2 * 1 * usup + 2 * 1 * uius

According to Hil bert’s fanous theorem on
invariants (Hlbert, page 291, §8 2), in our system the
I i near conbination

@ [1, 1, -2] * [1, 1, -1]% +
®[1, 1, -2] * [1, 1, 112 =0

in turn represents an invariant. Thus, for
exanpl e, any piercingstraight lines of f“(t;) and
f"(ty), considered on the plane defined by the vectors
(2, 1, -2) and (1, 1, 1),&and &, correspond to an
infinite nunber of invariants of S and S resp. of S
and ' .

When considering the standard cone reflected on
t he conpl ex nunber plane, the change of opening angle
of the cone yields the cone equation

-X12 - X22 + (1/9*2)* X3

resp. the coefficients [-1 -1 1/g'?]. Two cone
equations are then consi dered:

S:za?:=-1%* x%2-1*x2+ (g% * x32 =0
and

S = a®i=-1% x2- 1% X%+ (1g?% * xd
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It is well known that one invariant is thus:

aa’Z = .1 * (_1)2 -1 % (_1)2 + (1/92) *
(g9,

Both cones S, S are non polar if
(Vg% * (Ug?h =2
S is then inscribed harnonically in S .

| f, for exanple, one analyzes the above

conbination f"(t) or several conbinations fi°(t),
foo(t), ..., fp°(t) or two or nore signals si(t), sa(t),

., Sn{t) resp. of their transfer-functions ti(si(t)),
ta(s2(t)), ..., tu{s(t)) for two tine intervals tq, to -
or also the freely definable function f*(t) or the
freely definable functions f.*(t), f.°(t), ..., f/(t) of
one signal s*(t) or of several signals si*(t), s2*(t),

., Sof(t) for two time intervals ti, t, — as well as
the functions S, S’ and )’ with

Troi= uali= AUl + B u? + Cus2 + 2F usUs
2G ugu; + 2H uiuz

1% U2+ 1% U2+ (1/g 23 *ug2+2*1
Upuz + 2 * 1 * usup + 2 * 1 * ujuy

0.

+

*

The followng is true

aAl + bB + cC + 2fF + 29G + 2hH = 0,
and S and )’ should be non polar:

-1 1-1*1+(1g®» *(1/g'?% =0

or
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(/g% * (1g'? =2

Thus, provided g’ = g’’ =1 and g = 1/V2
applies, the non-polarity of S with S’ and )’ 1is
ensur ed.

Consi dering the standard cone

S :-1*X12-1*X22+1*X32:O

t hus simul taneously enabl es the consideration
of identical vanishing invariants relative to S

S=-1* X12 -1 * X22 + 2 * X32 =0
resp.
r * 2 * 2 * 2 * *
=1 u© + 1 u© + 1 us + 2 1 UoUs
+ 2 * 1 * usup + 2 * 1 * uius
= 0.

The rel ati on

az?:=-1* (-1)2-1* (-1)%+2* 12
=-1*1-1*1+2*1=0

is thus linear in the coefficients of the equations
S:-l*X12-1*X22+2*X32:O
and

Z’=l*u12+l*uz2+l*U32+2*1*U2U3
+ 2 * 1 * usup + 2 * 1 * uiu
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According to Hilbert’s fanous theorem on
invariants (Hlbert, page 291, §8 2), in our system the
I i near conbination

, -1, 2] * [-1, -1, 1]% +
, -1, 2] *[1, 1, 112 =0

in turn represents an invariant. Thus, for
exanpl e, any piercing straight lines of f~(t;) and
f"(ty), considered on the plane defined by the vectors
(-1, -1, 2) und (1, 1, 1), &and &, correspond to an
infinite nunber of invariants of S and S resp. of S
and ' .

Al'l conbinatory possibilities for the situation
of 5, S’ and )’, as can easily be seen, are exhaustedin
terms of the result in the sanme plane.

The practical application of this fact in
signal technol ogy allows for exanple the analysis of a
conbi nation f “(t) or of several conbinations f;°(t),
foo(t), ..., fp°(t) of at least two signals si(t),
so(t), ..., su{t) resp. of their transfer-functions
ti(si(t)), ta(s2(t)), ..., tu{sn(t)) —or also of the
freely definable function f#(t) or the freely definable
functions fi*(t), fJ.°(t), ..., f,°(t) of one signal s*(t)
or of several signals s:*(t), s,*(t), ..., so*(t) by
determ ning said invariants. Doing this enables the
function of this conmbination f~(t) or of
t heseconbi nations f{°(t), f>"(t), ..., fpy°(t) of at
| east two signals si(t), s2(t), ..., sp(t) resp. of
their transfer-functions ti(si(t)), ta(s2t)), ...,
t{s{t)) — or also the freely definable function f*(t)
or the freely definabl efunctions f.*(t), f.*(t), ...,
f *(t) of one signal s”(t) or of several signals s;%(t),
s.*(t), ..., sd’(t) for exanple on the conpl ex number
pl ane — the x; axis then coincides for exanple with the
real axis, the x, axis then coincides for exanple with
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the imagi nary axis —and subsequently enables the

pi ercing points of these functions in the present
exanple with the plane defined by the vectors (1, 1, -
2) und (2, 1, 1) or (-1, -1, 2) and (1, 1, 1) to be
anal yzed and whi ch now constitute absolutely or also in
terms of their statistical distribution precise
reference points for further analysis, processing or
optim zation. For exanple, according to CH1159/09 resp.
PCT/ EP2010/ 055876 or al so CHO1776/ 09 resp.

PCT/ EP2010/ 055877, an optim zation of pseudo-

st ereophoni ¢ audi o signals can be carried out and
subsequently the piercing points of the sumof the
transfer-functions f'[x(t)] = [x(t)/Vv2] * (-1 + i) and
g [y(t)] =[y(t)/V2] * (1 + i), see further bel ow,
with the plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or (-1, -1, 2) and (1, 1, 1) can be

determ ned. When these piercing points are wei ghted by
usi ng an appropriate nethod, see the detailed
description, it will result in paraneterizations
accordi ng CH1159/09 resp. PCT/ EP2010/ 055876 or al so
CHO1776/ 09 resp. PCT/ EP2010/ 055877, which prove
particul arly advantageous for the audi o signals being
anal yzed.

According to one aspect, it is reconmended
practice to use (inherently known) conpression
al gorithns or data reduction nethods or to anal yze
characteristic features such as the mnima or maxim
for the signals or transfer-functions or conbinations
or functionsbeing anal yzed, for the purpose of speeding
up the evaluation thereof in accordance with the
i nventi on.

Brief description of the figures

Var i ousenbodi nent sof the present invention are
descri bed hereinafter by way of exanple, with reference
bei ng made to the foll owi ng draw ngs:
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FIG 1A shows the circuit principle of a
knownpanor am ¢ potentioneter.

FIG 2A shows the attenuation curve for the

| eft and right channels of a panoramc
potentionmeter w thout an extended stereo width
range and correspondi ng function angl es.

FIG 3A shows a firstenbodi nentof a device or
of a nethod according to CHO1159/09 resp.

PCT/ EP2010/ 055876, wherein the left channel L’
resp. right channel R resulting fromthe
stereo decoding are each fed to a panoram c
potentioneterfor collective buses L and R

FI G 4A shows a secondenbodi nent of a device or
of a nethod according to CHO1159/09 resp.
PCT/ EP2010/ 055876.

FIG 5A shows a third enbodi nent of a device
or of a nethod according to CHO1159/09 resp.
PCT/ EP2010/ 055876.

FIG 6A shows a fourth enbodi nent of a device
or of a nethod according to CHO1159/09 resp.
PCT/ EP2010/ 055876 with a circuit that is
equivalent to FIG 3A having a slightly

nmodi fied M5 matri x, which renders superfluous a
di rect downstream connection of panoram c
potenti oneters.

FIG7A shows a circuit which is equivalent to
FIG 3Aresp. FIG 6A provided that the
relation A = pis true for the inversely
proportional attenuations A and p of the
panoram c potentioneters shown in FIG 3A
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FIG 8A shows an enhanced circuit based on
FIG 7A for normalizing the | evel of the output
signals fromthe stereo decoder

FIG 9A shows an exanple of a circuit which
as an enhancenent to FIG 8A, maps given
signals x(t), y(t) as the sumof the transfer-
functions f*[x(t)] = [x(t)/v2X2] * (-1 + i) and
g*ly(t)] = [y(t)/N2X2] * (1 + i) on the conplex
nunber pl ane.

FI G 10A shows the exanple of a circuit that,
as an enhancenent to FIG 9A, stipulates the
function wdth of a stereo signal.

FI G 11A shows an exanple of an input circuit
for an already existing stereo signal L°, R
prior to transfer to a circuit as shown in FIG
12A (for determning the localization of the
signal) which maps L°, i.e. I(t), and R°, i.e.
r(t), as the sumof the transfer-functions
f[1(t)] = [1(t)/V2] * (-1 + i) and g*[r(t)] =
[r(t)/v 2] * (1 + i) on the conpl ex nunber

pl ane.

FI G 12A shows a circuit for determning the

| ocalization of the signal, whose inputs can be
connected to the outputs of FIG 10A resp. to
the outputs of FIG 11A

FIG 1B shows an exanple of a circuit for two

| ogic elements for normalizing the | evel and
for normalizing the degree of correlation of
the output signals froma stereo decoder (for
exanpl e a stereo decoder according to EP2124486
or EP1850639), wherein the input signal Mand S
can (before passing through an anplifier
upstreamto the M5 matrix) optionally be fed to
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a circuit according to FIG 7B, which is
optionally al so connected downstreamto FI G
6b.

FIG 2B shows an exanple of a circuit which
maps gi ven signals x(t), y(t), by using the
transfer-functions f'[x(t)] and g’ [y(t)], on

t he conpl ex nunber plane, resp. ascertains the
argument of the sumthereof f'[x(t)] + g'[y(t)]

FI G 3aB shows an exanple of a circuit for
selecting the definition range by using the
paraneter a.

FI G 4aB shows an exanple of a circuit for a
third logic el enment which checks the signals,
whi ch are generated in FIG 1B and which are
mapped on the conpl ex nunber plane as shown in
FIG 2B, in terns of the adm ssible definition
range, defined in a new fashion according to
FIG 3aB by the parameter a, according to the
constrai nt Re2{f"[x(t] + g'[y(t)]} * 1/ a2 +

Inf{f [x(t] + g'[y(t) < 1.

FI G 5aB shows an exanple of a circuit for a
fourth | ogic elenment which finally anal yzes the
relief of the function f'[x(t)] + g'[y(t)]for the
pur pose of maxi m zing the function-val ues

t hereof, wherein the user has a free choice of
limt value R defined by the inequality (8aB)
(resp. by the deviationA |ikew se defined by
the inequality (8aB)) for this maxi m zation

FI G 6aB shows an input circuit for an already
exi sting stereo signal prior to transfer to a
circuit as shown in FIG 6bB for determ ning
the localization of the signal.
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FI G6bB shows a circuit for determning the

| ocal i zati on of the signal, whose inputs are
connected to the outputs in FI GURE 5aBresp. the
outputs of FIG 6aB

FIG 7B shows a further exanple of a circuit
for normalizing stereophonic or pseudo-

st ereophoni ¢ si gnals whi ch, when connected
downstreamto FI GURE 6bB, is activated as soon
as the paranmeter z is present as an input
signal. In this case, the initial value of the
gain factor A corresponds to the final val ue of
the gain factor A in FIG 1B when the paraneter
z is transferred.

FIG 8B shows an exanple of a circuit which
maps given signals x(t), y(t) on the conpl ex
nunber plane by using the transfer-functions
f'x(t)] and g'[y(t)]

FIG 9B shows an exanple of a circuit for
adj usting the function width of an audio
si gnal .

FIG 1C shows the non-polarity constraint for
the functions S, S’ and }’.

FIG.2C shows the functions S, S’ and )’ for
the Cartesian coordinate systemx; = u;, Xz =
Uz, X3 = usfromthe perspective of the first
guadrant of the correspondi ng conpl ex nunber
pl ane.

FIG.3C shows the functions S, S’ and )’ for
the Cartesian coordinate systemx; = u;, Xz =
Uz, X3 = uslikewi se fromthe perspective of the
first quadrant of the correspondi ng conpl ex
nunber pl ane.
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FIG.4C sows the functions S, S’ and )’ for
the Cartesian coordinate systemx; = u;, Xz =
Uz, X3 = usfromthe perspective of the fourth
guadrant of the correspondi ng conpl ex nunber
pl ane.

FIG 5C shows the convergence behavior of a
wei ghti ng-function, which here optim zes the
paraneters o, f (resp. n), o, Pfor exanple on
the basis of the nean values of the inter-
section points in the 1% or also 3'¢ quadrants
of three pseudo-stereophonic signal sections
mapped on the conpl ex nunber plane with the

pl anedefined by the vectors (1, 1, -2) and (1,
1, 1) or also (-1, -1, 2) and (1, 1, 1).

FIG 6C shows an exanple of the circuit

descri bed bel ow for optim zi ng pseudo-

st ereophoni c signals on the basis of algebraic
i nvariants, which can be directly connected
downstream of FIG 5aB, and with which it then
constitutes in this exanple an inseparable
unit. In this case, the outputs of FIG 6C
within the entire circuit schema are to be
treated in such a way as if they were those of
FIG 5aB. The circuit of FIG 6C has the effect
that the el ements connected upstreamthereto
arenow passed through for various sections of
audio signals. The result is an optim zed
paraneterization ¢, f, o, B on the basis of the
mean val ues of the intersection points in the
15t or also 3'¢ quadrant of these signa

sections mapped on the conpl ex nunber plane
with the plane defined by the vectors (1, 1, -
2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1,
1).
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FIG 7C shows an exanple of a circuit which
on the basis of the determ nation of the nean
square energy of the input signalssi(ti),
so(ti), ..., ss(ti) and of the definable
weightings G, &, ... G, perforns a
normal i zati on of these input signals and
subsequently determ nes the invariants of a
conbi nationf "(t) or of several conbinations
fi°(t), f27(t), ..., fp°(t) of these input
signal s.

Det ai | ed description

The al gebraic principles of the present
invention will first be explained with the aid of
Figures 1C to 4C

FIG 1C shows the non-polarity constraint for S
and S’ resp. S and }'. Reference number 1001
illustrates that for S and S, expressed by f (g ),
1002 illustrates that for S and )’, expressed by
f~(g’’). The intersection point 1004 of 1001 with the
di agonal of the 1% quadrant 1003 illustrates the
coinciding of Sand S, the intersection point 1005 of
1001 and 1002 illustrates the sought non-polarity
constraint itself; g0 =g’ =1 can be read directly.

FIG 2C shows the functions S (2001), S (2002)
and >’ (2003) as well as the plane 2004 defined by the
vectors (1, 1, -2) and (1, 1, 1), on which the sought
algebraic invariants of S and S’ resp. of S and )’ are
| ocated, fromthe perspective of the 1% quadrant of
t he correspondi ng conpl ex nunber plane. 2005, 2006 and
2007 show the planes defined by the Cartesian
coordi nate system x; = Ui, X2 = Uz, Xz = Us.

FIG 3C shows the functions S (2001), S (2002)
and >’ (2003) as well as the plane 2004 defined by the
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vectors (1, 1, -2) and (1, 1, 1), on which the sought
algebraic invariants of S and S’ resp. of S and )’ are
| ocated, |ikew se fromthe perspective of the 1%
guadrant of the correspondi ng conpl ex nunber plane.
2005, 2006 and 2007 show the planes defined by the
Cartesian coordinate system x; = uU;, Xz = Uz, X3 = Ugs.

FIG 4C shows the functions S (2001), S (2002)
and >’ (2003) as well as the plane 2004 defined by the
vectors (1, 1, -2) and (1, 1, 1), on which the sought
algebraic invariants of S and S’ resp. of S and )’ are
| ocated, fromthe perspective of the 4'" quadrant of
t he correspondi ng conpl ex nunber plane. 2005, 2006 and
2007 show the planes defined by the Cartesian
coordi nate system x; = Ui, X2 = Uz, Xz = Us.

It is general know edge that audi o signals that
are emtted via two or nore | oudspeakers provide the
listener with a spatial inpression, provided that they
show di fferent anplitudes, frequencies, tinme resp.
phase differences or are reverberated appropriately.

Such decorrel ated signals can firstly be
generated by differently positioned sound transducer
systens, the signals fromwhich are optionally post-
processed, or can be generated by neans so-called
pseudo- st er eophoni ¢ techni ques, which — on the basis of
a nono signal — produce such suitable decorrelation

CH01159/ 09 resp. PCT/EP2010/ 055876, at the tinme
of the present application, have not been published.
Hereinafter, their contents will therefore be
reproduced in full for a better understanding of the
foll ow ng exanpl es of application of the present
i nvention:

Sone pseudo- st ereophoni ¢ signals show i ncreased
“phasiness”, that is to say distinctly perceptible tine
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di fferences between both channels. Frequently, the
degree of correlation between both channels also is too
low (lack of conmpatibility) or too high (undesirable
convergence towards a nono sound). Pseudo-stereophonic
signals, but also stereophonic signals, nay therefore
show deficiencies due to | acking or excessive
decorrel ati ons between the emtted signals.

It is thus an aim of CH01159/09 resp.
PCT/ EP2010/ 055876 to solve this problemand to align or
inversely to differentiate nore strongly stereophonic
(1 ncl udi ng pseudo- st ereophoni c) signals.

It is another aimto inprove, generate,
transmt, convert and reproduce stereophonic and
pseudo- st er eophoni ¢ audi o signal s.

In CHO1159/09 resp. PCT/ EP2010/ 055876, these
probl ens are solved inter alia by neans of the
ostensi bly not purposeful downstream connection of a
panoram c potentioneter in a device for pseudo-stereo
conver si on.

Panoram c potentioneters (also called pan pots
or panoram c controllers) are known per se and are used
for intensity stereophonic signals, i.e. for stereo
signals which differ exclusively in terns of their
| evels but not in ternms of time resp. phase differences
or different frequency spectra. The circuit principle
of a known panoram c potentionmeter is represented in
Figure 1A. The device has an input 101 and two outputs
202, 203 which are connected to the buses 204, 205 for
the group channels L (left audio channel) and R (right
audi o channel). In the center position (M, both buses
receive the sane level; in the side positions to the
left (L) and to the right (R), the signal is routed
only to the left bus or to the right bus, respectively.
In the intermedi ate positions, a panoramnc
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potenti onmeter produces |evel differences correspondi ng
to the different positions of the phantom source on the
| oudspeaker base.

FIG 2A shows the attenuation curve for the
| eft channel and the right channel of a panoramc
potenti onmeter w thout an extended stereo w dth range,
and correspondi ng function angles. In the center
position, the attenuation in each channel is 3 dB, the
acoustic convol ution thereby producing the sane
perception of sound |level as would be if there was only
one channel in the L or R position.

Panoram c potentioneters are able as voltage
dividers for exanple to distribute the left channel in
a different, selectable ratio to the resulting left
out put resp. right output (these outputs are also
call ed buses) or, in the sane way, to distribute the
right channel in a different, selectable ratio to the
sane | eft output resp. right output (the sane buses).
Therefore, in the case of intensity stereophonic
signals, the function wdth can be narrowed and the
direction of such signals can be shifted.

In the case of pseudo-stereophonic signals,
whi ch make use of tine resp. phase differences,
di fferent frequency spectra or reverberation (and al so
in the case of stereo signals of such kind in general),
such narrowi ng of the function width resp. shifting of
the function direction are not possible by using a
panoram c potentioneter. The application of panoram c
potentionmeters to such signals is therefore
appropriately disregarded as a matter of principle.

However, as represented in CHO1159/09 resp.
PCT/ EP2010/ 055876, it has been observed unexpectedly
and contrary to experience to date that the previously
unknown downstream connecti on of a panoram c
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potenti onmeter downstreamto a circuit for pseudo-stereo
conversion affords unexpected advantages. Although such
downst ream connecti on cannot result in the

af orenenti oned narrowi ng of the function width or in
the shifting of the function direction of the stereo
signal s obtained, the degree of correlation between the
| eft signal and the right signal can however be

i ncreased or also decreased in this way by using such a
panoram ¢ potentioneter

In a preferred enbodi nent, a panoram c
potentioneter is connected downstreamrespectively to
the left output and to the right output of the circuit
for obtaining a pseudo-stereophonic signal. In this
case, the buses of both panoram c potentioneters are
preferably used collectively and preferably
identically.

In this arrangenent, each panoram c
potenti onmeter has an input and two outputs. The input
of a first panoram c potentionmeter is connected to a
first output of the circuit, and the input of a second
panoram c potentioneter is connected to a second out put
of this circuit. The first output of the first
panoram c potentioneter is connected to the first
out put of the second panoram c potentioneter. The
second out put of the first panoram c potentioneter is
connected to the second output of the second panoram c
pot enti onet er.

Al ternatively and equival ently, rather than
usi ng panoram c potentioneters, the degree of
correlation can al so be adjusted by using a first
circuitfor pseudo-stereo decoding with a stereo decoder
and an anplifier connected upstream of the stereo
decoder for anplifying an input signal of the stereo
decoder, this being achieved w thout panoram c
potenti oneter. An equival ent adjustnent of the degree
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of correlation can therefore be inplenented with even
f ewer conponents.

Al ternatively and equival ently, rather than
usi ng a panoram c potentioneter, the degree of
correlation can al so be varied by using a second
circuit, this being achieved with a nodified stereo
decoder which contains an adder and a subtractor in
order to add respectively subtractinput signals (M S),
whi ch are respectively anplified by predeterm ned
factors, in order to generate signals which are
identical to the bus signals fromthe panoramc
potenti oneters. An equival ent adjustnent of the degree
of correlation can therefore be inplenented with even
f ewer conponents.

The i nvention can al so be applied to devices or
met hods that generate signals which are reproduced by
nmore than two | oudspeakers (for exanple surround sound
systens belonging to the prior art).

Figures 3A to 5A show various enbodi nents of
the circuit principle described above, in which a
panoram c potentioneter 311 and 312, 411 and 412, 511
and 512, respectively, is connected directly downstream
to a pseudo conversion circuit 309, 409 resp. 509. In
each exanpl e shown here, the pseudo conversion circuit
309, 409 resp. 509 conprises a circuit having an M
matri x 310, 410 resp. 510, as described in
WO 2009/ 138205 resp. EP2124486 as well as in EP1850639.

Thi s panoram c potentioneter 311 and 312, 411
and 412, 511 and 512 can be used to increase or
decrease the degree of correlation of the resulting
buses L 304, 404, 504 and R 305, 405, 505. Accordingly,
the left channel L' 302, 402, 502 and the right channel
R 303, 403, 503 resulting fromthe stereo decoding are
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fed each to a panoram c potentioneter for collectively
used buses L and R

If the attenuation A for the left input signal
L’ of the panoram c potentionmeter 311, 411 or 511 and
the attenuation p for the right input signal R of the
panoram c potentioneter 312, 412, 512 for a stereo
signal 302 and 303, 402 and 403, 502 and 503 resulting
froma device 309, 409 or 509 is limted to the range
between 0 and 3 dB, the inversely proportional
rel ations

1 >>0
and
1 >>0

may be introduced (where 1 corresponds to the
value 0 dB and O corresponds to the value 3 dB)

A and ptherefore correspond to the inversely
proportional attenuations of the panoramc
potentioneters shown in FIG 3Ato FIG 5A I|limted to
t he range between 0 and 3 dB.

Therefore, the followng relations are obtained
for the resulting stereo signals (buses) L and R (304
and 305, 404 and 405, 504 and 505) resp. the output
signals L'’ 313, 413, 513 and R’ 314, 414, 514 from
t he panoram c potentioneter 311, 411, 511 and the
output signals L'’ 315, 415, 515 and R '’ 316, 416,
516 fromthe panoram c potentioneter 312, 412, 512:

(1A L=L" +L" =%*L (1+21) +%*R (1- p

and
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(2) R=R’ +R’" =%* L' (1- 2 +%* R (1+ p

Fi gure 6A shows a further enbodinment with a
circuit equivalent to FIG 3A having a slightly
nodi fied M5 matri x, which renders direct downstream
connection of panoram c potentioneters superfl uous.
Taking into account the equival ences of the stereo
decodi ng (M5 matri xi ng)

L’ (M+ S) * 1/ 2

and

R (M- S * 1/ 2

the followng relations are obtained:

(1A) L =[M(2+x-p) +S(L+p] * 1242

(28) R=[M(2- L+p) - S(r+p] * 12V2

This allows the signals on the buses L and Rto
be al so derived directly fromthe input signals Mand S
of the stereo decoding circuit.

If A = p (sanme attenuation in the |eft channel
and in the right channel), the followng relations are
true:

(3) L=(M+xr*098 * 1/V2

(4A) R=(M- A * S * 1/ 2

i.e. the variation in the anplitude of the
signal S is equivalent to the downstream connection of
a respective panoram c potentioneter for identica
attenuation in the left channel and in the right
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channel . Under these assunptions, the output signals L
and R correspond to the bus signals L and Rin FIG 3A

This will therefore yield a circuit or a nethod
showi ng for exanple the formin FIG 6A (trivia
nodi fi cations being possible), which forns a conposite
signal fromthe Msignal, anplified by the factor (2 +
A - p), and the S signal, anplified by the factor (A +
p), as well as a difference signal which is conpiled
fromthe Msignal, anplified by the factor (2 - A + p),
mnus the S signal, anplified by the factor (A + p),
with correction by the factor 1/2VX2 needing to be
performed overall in order to obtain signals L and R
equivalent to the fornulae (1A) and (2B)

FIG 7A shows a circuit equivalent to FIG 3A
resp. FIG 6A, provided that the relationship A = pis
true for the inversely proportional attenuations A and
p of the panoram c potentioneters shown in FIG 3A
This circuit should not be confused with the
arrangenent known fromintensity stereophony (M
m crophone technique) for altering the recording or
openi ng angl e (which does not take place herel!).

In this case, it is assuned that uniform
attenuation for proposed panoram c potentioneters or

nodi fied M5 matrix, as just illustrated, is frequently
sufficient for aligning or differentiating stereo
signals. Wien A = p, the device just illustrated is

then sinplified on the basis of the above formul ae (3A)
and (4A) according to:

(3) L=(M+xr*098 * 1/V2

(4A) R=(M- A * S * 1/ 2

which is equivalent to a sinple anplitude
correction of the S signal (717).
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Such an anplitude correction for the S signal
has been known to date only for the classical M
m cr ophone technique and in the ideal range results in
the alteration of the recording or opening angle in
t hat case, which does not take place here. A transfer
of the sanme operating principle is not possible (and an
application of the M5 m crophone technique to the
present circuit is accordingly not obvious).

In FIG 7A, the S signal is therefore
additionally anplified by the factor A (1 2 A 2 0)
prior to finally passing through the M5 matrix. The
resulting stereo signal is equivalent to the bus
signals 304 and 305 in FIG 3A, 404 and 405 in FIG 4A
and 504 and 505 in FIG 5A for uniform attenuation and
also to the output signal L and Rin FIG 6A, provided
that A = pis true in that case.

In practice, this circuit resp. nmethod can be
used to exactly stipulate the degree of correlation,
i.e. there is a direct functional relationship between
the attenuation A and the degree of correlation r, for
whi ch ideally

is true. For A, a series of experinents has
f ound

0,07 <A< 0, 46

to be favorable for nost applications.

In particular, artifacts (such as disturbing
time differences, phase shifts, or the |like) can be
elimnated without difficulty by using this device or
met hod, whether manually or automatically
(algorithmcally).
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On the basis of the equival ence of downstream
panoram c potentioneters with uni form attenuati on and
anplitude correction of the S signal by the factor A (1
2 A 2 0) prior to final MS matrixing, it is therefore
possi bl e to achi eve convi nci ng pseudo- st er eophony
whi ch, on the basis of the original nono signal, grants
the listener a conprehensive, albeit extrenely sinple,
post - processi ng option, while fundanental |y mai ntai ni ng
the conpatibility and avoiding disturbing artifacts.

Thi s device can be used for exanple in
tel ephony, in the field of professional post-processing
of audio signals or else in the area of high-quality
el ectroni ¢ consuner goods, the aimof which is
extrenely sinple but efficient handling.

For narrowi ng or expanding the function w dth:

For this application, the additional use of
prior art conpression algorithnms or data reduction
met hods or the analysis of characteristic features,
such as the mninma or maxi ma for the pseudo-
st ereophoni ¢ signals obtainedis recoormended in order to
speed up eval uation thereof in accordance with the
i nventi on.

O particular interest (for exanple for
reproduci ng stereophonic signals in autonobiles) is the
subsequent narrow ng or expanding of the function width
of the stereo signal obtained by using the specific
variation of the degree of correlation r of the
resulting stereo signal resp. the attenuations A or
else p (for formng the resulting stereo signal). The
previously determ ned paraneters f (resp. n) which
describe the directional pattern of the signal that is
to be rendered stereophonic, the angle ¢o— to be
ascertained manually or by netrol ogy — encl osed by the
mai n axis and the sound source, the fictitious |left
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opening angle o and the fictitious right opening angle
B can be retained in this case, and it nmakes sense that
now only a final anplitude correction is necessary, for
exanple as per the logic elenent 120 in FIG 8A,

provi ded that this narrow ng or expandi ng of the
function wdth is performed manual ly.

If this is to be automated, series of
psychoacousti c experinments show that a constant
function wdth for stereophonic output signals x(t),
y(t) resp. conplex transfer-functions thereof

(5A) f [x(t)] = [x(t)/V2] * (-1 + i)

(6A) g'ly(t)] = [y(t)/V2] * (1 +1)

is essentially dependent on the criterion
(7A) 0 <S'- e< max |Re 3f"[x(t)] + g'[y(t) ]
< S+ e< 1

and also on the criterion

T
(8A) 0 <U- «JRf"x(t)] + gy(t)]f dt < U+ «
-T

(where S* and ¢ or, respectively, U and x need to be
stipulated differently for tel ephone signals, for
exanple, than for nusic recordings). Accordingly, it is
now necessary to determne only suitable function-

val ues x(t), y(t) which are dependent on the degree of
correlation r of the resulting stereo signal
respectively on the attenuations A or else p (for the
formation of the resulting stereo signal) resp.on a
logic element 120 in FIG 8A, in accordance with an
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iterative operating principle which is based on
f eedback.

The represented arrangenent can accordingly be
enhanced as follows wthin the context of an
arrangenent for exanple in the formshowm in FIG 8A to
10A:

An out put signal resulting froman arrangenent
as shown in FIG 1A to 7Ais in this case anplified
uniformy by a factor p (anplifiers 118, 119 in FIG
8A) such that the maxi mum of both signals has a |evel
of exactly O dB (normalization on the unit circle of
t he conpl ex nunber plane). By way of exanple, this is
achi eved by the downstream connection of a logic
el ement 120 which varies or corrects the gain factor p
of the anplifiers 118 and 119 via the feedback | oops
121 and 122 until the maximum |l evel for the left
channel and for the right channel is 0 dB.

In a further step, the resulting signals x(t)
(123) and y(t) (124) are now fed to a matrix in which,
following respective amplification by the factor 1/V2
(amplifiers 229, 230 in FIG 9), they are split into a
respective identical real and imaginary part, with the
real part formed fromthe signal x(t), anplified by
means of 229, additionally passing through the
anplifier 231 with the gain factor -1. This therefore
yields the transfer-functions

(58 7 [x(t)]

[x(t) / V2] * (-1 + i)

and

(6A) g [y(t)]l = [y(t) / ~N21* (1 + i)

The respective real and imaginary parts are now
summed and therefore produce the real part resp. the
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i magi nary part of the sumof the transfer-functions f°

X(t)] + g [y(t)]

An arrangenent, for exanple based on the |ogic
el emrent 640 in FIG 10A, now needs to be connected
downstream which arrangenent checks, for a limt val ue
S- suitably selected by the user with respect to the
function width of the stereo signal that is to be
achieved - or a suitably selected deviation ¢ - both
defined by the inequality (7A) - whether the condition

(7A) 0 <S'- e< max [Re {f ' [x(t)] + g'Iy(t)]!
< S+ e< 1

is met. If this is not the case, a feedback |loop 641 is
used to determ ne a new optim zed value for the degree
of correlation r resp. for the attenuations A or else p
(for the formation of the resulting stereo signal), and
the previous steps just described, as illustrated in
FIG 8A to 10A, are performed until the above condition
(7A) is fulfilled.

The input signals for the logic elenent 640 are
now transferred to an arrangenent, for exanple based on
the logic elenent 642 in FIG 10A. Such arrangenent
finally analyzes the relief of the function f'[x(t)] +
g'[y(t)]for the purpose of optinizing the function-
values in terns of the function width of the stereo
signal that is to be achieved, the user being able to
suitably select the limt value Uas well as the
deviation kx, both defined by the inequality (8A), with
respect to the function width of the stereo signal that
is to be achieved. Overall, the condition

(8A) 0 <U- x<[ff'[x(t)] + g'[y(t)] dt < U+ «

must be nmet. If this is not the case, a feedback | oop
643 is used to determ ne a new optim zed value for the
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degree of correlation r resp. for the attenuations A or
else p (for the formation of the resulting stereo
signal), and the previous steps just described, as
illustrated in FIG 8A to 10A, are perfornmed until the
relief of the function f'[x(t)] + g'[y(t)]satisfies the
desired optim zation of the function-values with
respect to the function width taking into account the
limt value U and the deviation k, both suitably
chosen by the user.

In terns of the function width — determ ned by
the degree of correlation r resp. the attenuations A or
else p (for the formation of the resulting stereo
signal) — the signals x(t) (123) and y(t) (124)
therefore correspond to the specifications by the user
and represent the output signals L and R'fromthe
arrangenment which has just been descri bed.

The present considerations remain valid as an
entity even if a different reference systemthan the
unit circle of the imginary plane is chosen. By way of
exanpl e, instead of normalizing function-values, it is
al so possible to nornmalize the axis length in order to
reduce the conmputing tinme accordingly.

Stipulation of the function direction

Cccasionally, it is also inportant to mrror
t he stereophonic function obtained about the main axis
of the directional pattern on which the stereophonic
processing is based, since, for instance, mrror
inverted function in relation to the nmain axis occurs.
This can be achi eved manual ly by swapping the |eft
channel and the right channel.

If an already existing stereo signal L°, R is
to be mapped by the present system the correct
function direction can al so be ascertai ned
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automatically by neans of the phantom sources generated
using the illustrated pseudo-stereophonic nethodol ogy,
as is showmn by way of exanple in FIG 12A (which is
directly connected downstreamwi th FIG 10A, whereas
FIG 11Amay |ikewi se be added to FIG 12A for

determ ning the sumof the conplex transfer-functions
f°(1(t;)) + g (r(t;)) for the already existing stereo
signal L°, R°; cf. the explanations relating to FIG
9A). In this case, at suitably chosen tines t; (for

whi ch not all of the subsequently cited correlating
function-val ues of the transfer-functions f'(x(t;)) +

g’ (y(ti) resp. f°(1(ti)) + g'(r(t;)) may be equal to zero
for at | east one case), the already ascertained
transfer-functionf (x(t;)) + g (y(t,)) as shown in FIG
9A is conmpared with the transfer-functionf (I (t;)) +

g’ (r(t;)) of the left signal I(t) resp. right signal
r(t) of the original stereo signal L°, R°. If these
transfer-functions range in the sanme quadrant or in the
di agonal | y opposite quadrant of the conpl ex nunber

pl ane, the total nunber m of function-values fromsaid
transfer-functions which are located in the sane
guadrant or in the diagonally opposite quadrant of the
conpl ex nunber plane is increased by 1 in each case.

An enpirically (or statistically determ ned)
speci fi abl e nunber b, which should be | ess than or
equal to the nunber of correlating function-val ues of
the transfer-functions f (x(t;)) + g (y(t,) resp.
f°(1(t;)) + g'(r(t;)) unequal to zero, now stipul ates
t he nunber of necessary matches. Bel ow this nunber, the
| eft channel x(t) and the right channel y(t) of the
stereo signal resulting, for exanple, from an
arrangenent as shown in FIG 8A- 10A are swapped.

If an originally stereophonic signal is to be
encoded into a nono signal plus the function f
describing the directional pattern (resp. the
sinplifying paraneter n of said function) and |ikew se
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pl us the paranmeters o, o, B, A or p (for exanple for
t he purpose of data conpression) (for an exenplary
out put 640a which may be enhanced by the paraneter z,
see below), it makes sense to jointly encode the

i nformati on regardi ng whether the resulting left
channel and the resulting right channel need to be
swapped (for exanpl e expressed by the paraneter z,
whi ch takes the value 0 or 1).

Wth slight nodifications, simlar circuits to
the circuits shown in FIGURES 11A and 12A can be
constructed which can be connected directly downstream
with FIGURE 3A or 4A or 5A or 6A or 7A or else can be
used at another location within the electrical circuit
or algorithm

For obtaining stable FM stereo signals by using
CHO01159/ 09 resp. PCT/ EP2010/ 055876 by way of exanple
for the evaluation of an existing stereo signal which
can be reproduced by two or nore | oudspeakers:

CHO01159/ 09 resp. PCT/EP2010/ 055876 is al so of
particul ar inportance in connection w th obtaining
stable FM stereo signals under bad reception conditions
(for exanple in autonobiles). In this case, it is
possi bl e to achi eve stable stereophony by sinply using
the main channel signal (L + R) as an input signal,
which is the sumof the left and right channel of the
original stereo signal. The conplete or inconplete sub-
channel signal (L - R), which is the result of
subtracting the right channel fromthe |eft channel of
the original stereo signal, can also be used in this
case in order to forma useable S signal or in order to
determ ne or optimze the paraneters f (resp. n), which
describe the directional pattern of the signal that is
to be rendered stereophonic as well as the angle ¢ that
is to be ascertained manually or by netrology and is
encl osed by the main axis and the sound source, the
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fictitious left opening angle o, the fictitious right
opening angle B, the attenuations A or else p for the
formation of the resulting stereo signal or, resulting
therefrom the gain factor p for normalizing the |eft
channel and the right channel, resulting fromthe M
matri xing (for exanple determned in a simlar fashion
to the logic elenment 120 as shown in FIG 8A) or from
anot her arrangenent on the unit circle (in this case 1
corresponds to the maxi mum | evel of 0 dB which has been
normal i zed by using p, where x(t) is the left output
signal resulting fromthis normalization and y(t) is
the right output signal resulting fromthis
normal i zation) or the degree of correlation r of the
resulting stereo signal or the paraneter a, for exanple
defined by the inequality (9aA) below for defining the
adm ssi bl e range of values for the sumof the transfer-
functions of the resulting output signals (for exanple
said conpl ex transfer-functions

(5A) f7[x(t)]

[x(t)/N2] * (-1 + i)

and

(6A) g'ly(t)] =1[y(t)/V2] * (1 +1i)

where, for 0 £ a £ 1 for example the following is true:

(9aA) Re?{f"[x(t] + g'[y(t)]} * 1/a® + Inf{f [x(t] +
gly(t)}< 1)

or the limt value R*, defined by the inequality (11laA)
bel ow, or the deviation A, |likew se defined by the
inequality (11aA) below for stipulating or maxi m zi ng

t he absol ute value of the function-values of the sum of
t hese transfer-functions (where, for this stipulation
or maxim zation and for the tinme interval [-T, T] resp
the total nunmber of possible output signals x;(t),
yj(t), the follow ng for example is true:
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(11ad) 0 < R* - A< |[f*[x(t)] + g*[y(t)]] dt
-T

T

<max ] EEDG () HEAIxj(t)], g*[yi(t)]} e®
-T

+ gLy (t) ] dt

<R + A

T
< fa* {1 /N[l - (1 -a% *sin®arg{f[x(t)]
-T

+ g [y(t)]1}1} dt)

or the imt value S* defined above or the deviation ¢
defi ned above (for which, by way of exanple, it nust be
true that

(7A) 0 < S- &< max |Re 1 [x(t)] + g [y(t) 1t
< S+ e< 1)

or the limt value U* defined above or the deviation x
defi ned above (for which, by way of exanple, it nust be
true that

T
(8A) 0 <U- «Jf x(t)] + gIy(t)] dt < U+ 1,
-T

all for determning the function width of the stereo
signal to be achieved, or the function direction of the
reproduced sound sources in accordance with the
arrangenent descri bed above. In any case, the result is
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st ereophoni ¢ function which is constant in respect of
t he FM si gnal

In particular, the use of conpression
al gorithns or data reduction nethods which belong to
the prior art resp. the analysis of characteristic
features, such as the mnima or maxima, is also
recomended in this case in order to speed up the
eval uation of stereophonic or pseudo-stereophonic
signals according to the criteria described above.

CHO1776/ 09 resp. PCT/EP2010/ 055877 at the time
of the present application have not been publi shed.
Hereinafter, their contents will therefore be
reproduced in full for a better understanding of the
foll om ng exanpl es of application of the present
i nvention:

In the case of the configuration according to
EP2124486, according to EP1850639 and/or according to
CH01159/ 09 resp. PCT/ EP2010/ 055876, different
paranmeters may be chosen in the stereo decoder and
whi ch are used to generate pseudo-stereophonic signals.
Though often several paranmeters or several sets of
paraneters may be used in order to obtain pseudo-
st ereophoni ¢ audi o signals, the choice of such
paraneters has an inpact on the perceived spatial sound
i mge. The choice of the paraneters which are opti mum
in a certain condition or for a particular audio signal
is however not trivial.

Furthernore, the adjustnent of the paraneters
al so frequently has an inpact on the degree of
correlation between the |left channel and the right
channel. In the context of CHO1776/09 resp.

PCT/ EP2010/ 055877, however, it has been found that it
woul d make sense to stipulate a uniform degree of
correlation for the evaluation of different
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paraneterizations for oresp. f (resp. the sinplifying
paranmeter n), o, P

An aimtherein is to provide a new nethod and a
new devi ce for obtaining pseudo-stereophonic signals
resp. a new nethod and a new device for automatically
and optimally choosing such paraneters which formthe
basis for the generation of stereophonic or pseudo-
st ereophonic signals, resp. a nethod and a device for
optimally and automatically determning particularly
the paraneters (o, A, presp. f (resp. n), o, B) While
generating said stereophonic or pseudo-stereophonic
signal s.

Such a nethod resp.such adevice are intended to
be used to select, froma plurality of decorrelated, in
parti cul ar pseudo-stereophonic, signal variants, those
whose decorrelation is found to be particularly
advant ageous.

In particular, it should be possible to
i nfluence the selection criteria thenselves in a form
as efficient and conpact as possible in order to be
able to convert signals of different nature (for
exanpl e speech in contrast to nusic recordings) into
the optim zed reproduction thereof.

According to one aspect, CHO1776/09 resp.
PCT/ EP2010/ 055877 propose a device and a nethod for
obt ai ni ng pseudo- st er eophoni ¢ output signals x(t) and
y(t) by using a stereo decoder, wherein x(t) is the
function-value of the resulting |eft output channel at
the tine t, and y(t) is the function-value of the
resulting right output channel at the tine t, in which
the obtainnment is iteratively optimzed until <x(t),
y(t)>is within a predeterm ned definition range.
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If there are dropouts or sim/lar defects,
however, an insignificant quantity of single points may
lie outside the definition range. In this case, the
obtainment is iteratively optimzed until a portion of
<x(t), y(t)>s wthin the predeterm ned definition
range.

The desired definition range is preferably
stipulated by a single nunerical paraneter a, where
preferably 0 < a £ 1. This parameter and hence the
definition range can be usefully stipulated for exanple
by the inequality

Re*{(f"[x(t] + g'ly(t)]} * 1/a® + Inf{f [x(t]
+gy(t)hs 1

wherein the rel ati ons

[x(t)/V2] * (-1 + i)

frIx(t)]
and

[y(t)/V 2] * (1 + i)

gly(t)]

apply for the conplex transfer-functions
f'[x(t)] and g’ [y(t)]} of the output signal x(t), y(t).

The user can arbitrarily stipulate such a
definition range, on the basis of the unit circle of
t he conpl ex nunber plane resp. of the imaginary axis
(i1f the maxi mum | evel of the output signal x(t), y(t)
has been normalized on the unit circle), by using the

parameter a, 0 £ a < 1.

This principle also remains valid when a
reference systemother than the unit circle of the
conpl ex nunber plane is chosen and a different new
definition range is defined. “Definition range” is
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t herefore understood generally to nean an adm ssibl e
range of values for <x(t), y(t)>of the output signal
x(t), y(t), which, overall, is intended to contain
<x(t), y(t)>n full or in part (for exanple in the case
of defective sound recordi ngs which show what are known
as dropouts).

In a preferred variant enbodi nent, the degree
of correlation of the output signals (x(t) and y(t)) is
normalized. In a preferred variant enbodi nent, the
| evel of the maximum of the resulting left and right
channel is normalized. In this way, certain paraneters
can be iteratively optimzed in order to attain the
desired definition range, w thout said paraneters
af fecting the degree of correlation or the |evel of the
maxi mum of the resulting left channel and right
channel .

It al so nmakes sense if — for extrenely
different paraneterizations for ¢ resp. f (resp. n), a,
B — criteria which are dependent on |<x(t), y(t)>| are
used for the stipulation. For this purpose, according
to the invention, a correspondi ng range of val ues
dependent on |<x(t), y(t)>| is normalized, so as to
constitute a criterion for the optim zation of the
par anet er s.

I n one enbodi nent, a method for obtaining
pseudo- st er eophoni ¢ out put signals x(t) and y(t) by
using a converter is therefore proposed, wherein x(t)
is the function-value of the resulting | eft output
channel at the tinme t, wherein y(t) is the function-
val ue of the resulting right output channel at the tine
t, wherein the conplex transfer-functions f'[x(t)]Jand
g'[y(t)]Jof the output signals are defined:

FIx(t)] = [x(t)/N 2] * (-1 + 1)
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g'ly(t)] = [y(t)/N2] * (1 +1)

in which the obtaining is iteratively optim zed until
the followng criterionis satisfied:

Re*{(f"[x(t] + g'ly(t)]} * 1/a® + Inf{f [x(t] + g’ [y(t) < 1,

where 0 £ a £ 1 stipulates the desired definition

range.

A remar kabl e aspect of the nethods for
obt ai ni ng pseudo- st ereophoni c signals according to
WO 2009/ 138205 resp. EP2124486 or according to
EP1850639 is the fact that they always provide a
perfect md-signal. For this reason, the short tine
cross correlation

T
(1B) r = (1/2T) * [ x(t)y(t) dt
-T

(A x(t)erry(t)ert)

is introduced here for the tine interval [-T, Tland the
out put signals x(t) fromthe left channel and y(t) from
the right channel.

As already nentioned, it nmakes sense if a
uni form degree of correlation is attained for extrenely
di fferent paraneterizations for ¢ resp. f (resp. n), a,
B. For this purpose, according to the invention, the
degree of correlation between the output signals (x(t)
and y(t)) is nornmalized. This normalization can
preferably be stipulated by neans of the specific
variation of A (left attenuation) or p (right
attenuation).
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On the basis of the uniform degree of
correlation, the signal attained can now be
systematically subjected to evaluation criteria that
can be influenced by the user.

It al so makes sense if a uniformlevel for the
maxi mum of the resulting left and right channel is
being attained for extrenely different paraneteriza-
tions for oresp. f (resp. n), o, B. For this purpose,
in the represented system the |evel of the maxi mum of
the resulting left and right channel is normalized, so
that this level is not influenced by the optim zation
of the paraneters.

It makes sense, for exanple, for the nodul ation
for the maxi mumof the left signal L and of the right
signal Rto initially be uniformy confined for exanple
to O dB by neans of a first logic el enent.

It al so nmakes sense if — for extrenely
different paraneterizations for ¢ resp. f (resp. n), a,
B — criteria which are dependent on |<x(t), y(t)>| are
used for the stipulation. For this purpose, according
to the invention, a correspondi ng range of values is
normal i zed, so as to constitute a criterion for the
optim zation of the paraneters.

x(t) and y(t) are mapped within the unit circle
of the conpl ex nunber plane. The function f'[x(t)] +
g'[y(t)] can now be analyzed in nore detail in order to
draw concl usi ons concerning the quality of the
respective output signal froma device according to
WO 2009/ 138205 resp. EP2124486 or EP1850639, for
exanpl e. Any decorrel ation between the two signals
f'Ix(t)Jand g'[y(t)]is in this case equivalent to a
defl ection on the real axis when analyzing the
function f [x(t)] + g [y(t)].



10

15

20

25

30

42

The stereo decoder is therefore optim zed
according to said criteria for exanple for |Re{f [x(t)]

+ g ly(t)} and for [Im{f [x(t)] + g'ly(t)T}H.

This method has proven itself to be
particul arly advant ageous, since a single paraneter,
nanely a, takes optimum account of, in particular, the
different nature of the output signals froma device or
a nmet hod according to WO 2009/ 138205 resp. EP2124486 or
EP1850639. The paraneter may preferably be dependent on
the type of the audio signal, for exanple in order to
process speech or nmusic differently on a manual or
automatic basis. In the case of speech, unlike nusic
recordings, the definition range determ ned by the
paraneter a preferably needs to be restricted
significantly due to disturbing artifacts such as high
frequency sidetones during the articul ation.

In addition, given the limtation to a single
paranmeter a, any optinmmfunction range can be chosen
for f'[x(t)] + g'[y(t)]based on the unit circle resp. the
i magi nary axi s.

If the signals x(t), y(t) do not satisfy the
af orenenti oned conditions, the invention involves
optim zation being carried out by re-determning the
paranmeters ¢ or f (resp. n) or o or B — according to an
iterative procedure that is matched with the function-
values x[t(o, f, o, B)] and y[t(e, f, a, B)] resp
X[t(eo, n, o, B)] and y[t(p, N, o, B)] — whil st
executing steps described so far until x(t) and y(t)
nmeet the aforenentioned conditions.

In a further step, the relief of the
function f'[x(t)] + g'[y(t)] for exanple is now anal yzed
for the purpose of maxim zing the function-val ues
thereof. It is possible to show that this procedure is
equi val ent to the maxi m zation of
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T

(6B) [ x(t)] + g'ly(t)] dt
T

this expression, for its part, remains |ess
than or equal to the val ue of

T
(7aB) S a * {1 / N[1 - (1 - a? * sin? arg{f'[x(t)]
-T

+ g [y(t)]}1} dt.

In this case too, the user is provided with a
tool insofar as he has a free choice of the limt val ue
R (or the deviation A defined by the inequality (8aB),
see below) for this maxim zation within the context of
(8aB). Overall, the followi ng condition nust be nmet for
the total nunmber of possible signal variants x;(t),

yi(t):

T
(8aB) 0 < R - A< [f'[x(t)] + g'[y(t)]l dt
-T
T
S max JEG(E) ] {FTIx ()], g*[yj(t)]} ed
-T
+ gy (t)] dt
<R + A
T
<fa* {1/ AN[1-(1-a% *sin2arg{f[x(t)]
-T

+ g [y(t)]1}]} dt
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R and Aare directly related to the | oudness of
the output signal that is to be attained (i.e. to those
paranmeters which the listener also takes as a basis for
assessing the validity of a stereophonic function).

| f the neighborhood of the linit value R,
defined by A, or the maximum of all possible integrated
reliefs is not reached, optim zation in terns of the
limt value R and the deviation A or in terms of the
af orenenti oned maxi mum — in accordance with an
iterative procedure that is matched with the function-
values x[t(o, f, o, B)] and y[t(e, f, a, B)] resp
X[t(eo, n, o, B)] and y[t(e, N, o PB)] — involves new
paraneters oresp. f resp.aresp.p being determ ned, and
all steps described so far being executed until signals
x(t), y(t) resp. paraneters oresp.Aaresp.presp. f (resp.
n) resp.aresp.p result, which correspond to optimm
st er eophoni zat i on.

Wth an appropriate choice of the degree of
correlation r, of the paraneter a — stipulating the
desired respective definition range — and of the Iimt
val ue Rand also deviation A thereof, it is possible to
configure opti num systens for the respective area of
application (for exanple speech or nusic reproduction)
for the respective nature of the input signals.

The present considerations remain valid as an
entity even if a different reference systemthan the
unit circle of the imginary plane is chosen. By way of
exanpl e, instead of normalizing function-values, it is
al so possible to nornmalize the axis length in order to
reduce the conmputing tinme accordingly.

According to one aspect, it is reconmended
practice to use (inherently known) conpression
al gorithns or data reduction nmethods or to anal yze
characteristic features such as the mnima or maxi m
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for the pseudo-stereophonic signals obtained according
to WO 2009/ 138205 resp. EP2124486 or EP1850639, for the
pur pose of speeding up the evaluation thereof.

| nstead of the proposed anal ysis of |<x(t),
y(t)>], it is also possible to use |<x(t), y(t)>|*or
optim zing the stereophoni zation. The conputing tinme is
significantly reduced as a result.

CHO1776/ 09 resp. PCT/EP2010/ 055877 can
incidentally be applied to devices or nethods that
generate stereophonic signals which are reproduced by
nmore than two | oudspeakers (for exanple surround sound
systens belonging to the prior art).

According to one aspect, CHO1776/09 resp.
PCT/ EP2010/ 055877 proposes the cascaded downstream
connection of a plurality of means (for exanple |ogic
el ements), sone of the paranmeters of which can be
aligned, with a stereo decoder (for exanple according
to WO 2009/ 138205 resp. EP2124486 or EP1850639),
wherein feedback for said devices or nethods involves
the paraneters oresp.Aaresp.presp. f (resp. n)
esp. aresp. B being changed in an optim zed way until al
conditions of the logic elenents are net.

These neans (logic elenents) can incidentally
be arranged differently, and can even — with
restrictions — be omtted conpletely or in part.

For a stereo decoder, for exanple in adevice
according to WO 2009/ 138205 resp. EP2124486 or
EP1850639 - for the case of identical inversely
proportional attenuations A and p - optim zed
paranmeters o, A, f (resp. the sinplifying paraneter n),
a, B are to be determined in order to convert a nono
signal into correspondi ng pseudo-stereophoni c signals
whi ch have opti num decorrel ati on and | oudness (the two
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criteria according to which the |listener assesses the
quality of a stereo signal). The intent is to achieve
such determ nation with as few technical neans as
possi bl e.

FIG 1B shows the circuit principle for the
first two logic elenents, as described, for normalizing
the level and for normalizing the degree of correlation
of the output signals froma stereo decoder with an M5
matrix 110 (for exanple a stereo decoder according to
WD 2009/ 138205 resp. EP2124486 or EP1850639), wherein
the input signal Mand S can (prior to passing through
an anplifier connected upstreamto the M5 matrix)
optionally be fed to a circuit according to FI GURE 7B
which is optionally and ideally connected downstreamto
FIG 6bB, and is activated as soon as the paraneter z
resulting fromFI G 6bB has been determ ned (see
bel ow) .

The first logic elenent 120 for normalizing the
level is in this case coupled to two identica
anplifiers having the gain factor pand ensures a
nmodul ati on, show ng the maxi num of 0 dB, of the left
channel L and the right channel R

The signals L and Rresulting fromthe
arrangenent 110 (for exanple an M5 matri x according to
WO 2009/ 138205 resp. EP2124486 or EP1850639) are
anplified uniformy by the factor p* (anplifiers 118,
119) in such a way that the maxi num of both signals has
a level of exactly 0 dB (normalization on the unit
circle of the conplex nunber plane). This is achieved
for exanple by the downstream connection of a logic
el ement 120 whi ch uses the feedbacks 121 and 122 and
variation or correction of the gain factor p* of the
anplifiers 118 and 119 to cause a nodul ation of the
maxi mum val ue of L and Rto reach 0 dB.
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The resulting stereo signals x(t) (123) and
y(t) (124), the anplitudes of which are directly
proportional to L and R are fed in a second step to a
further logic elenment 125 which determ nes the degree
of correlation r by using the short time cross
rel ation:

T
(1B) ro= (12T) * [ x(t)y(t) dt * (1/x(t)erry(t)err)
T

r can be stipulated by the user in the interval -1 < r

< 1 and ideally ranges in the interval 0.2 < r < 0.7.

Any deviation fromr results in optim zed
adj ustnment of the gain factor A of the anplifier 117
for the S signal via the feedback 126

The resulting signals L and R agai n pass
through the anplifiers 118 and 119 and al so the logic
el ement 120, which in turn causes a fresh nodul ati on of
t he maxi nrum value of L and Rto reach 0 dB again via
t he feedbacks 121 and 122, and said signals are then
fed to the logic elenent 125 agai n.

This procedure is perfornmed in an optim zed way
until the degree of correlation r stipulated by the
user has been attained.

The result is a stereo signal x(t), y(t)
normalized in relation to the unit circle of the
conpl ex nunber pl ane.

FIG 2B clarifies the circuit principle which
maps the input signals x(t), y(t) on the conpl ex nunber
pl ane resp. determ nes the argunent of the sumthereof
f'Ix(t)] + g'[y(t)]. Wth this circuit, the resulting
signals x(t) and y(t) fromthe output of FIG 1B are
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fed to a matrix in which, follow ng respective
anplification by the factor 1/V 2 (anplifiers 229,

230), said signals are broken down into respective
identical real and imaginary parts, with the real part
formed fromthe signal x(t), anplified by neans of 229,
additionally passing through the anplifier 231 with the
gain factor -1. Therefore, the transfer-functions:

(2B) f7[x(t)] = [x(t)/N2] * (-1 +1i)
and

(3B)  g'Iy(t)] = [y(t)/V2] * (1 +1i)
are obt ai ned.

The respective real and imaginary parts are now
summed and therefore produce the real part and the
i magi nary part of the sumof the transfer-functions

fIx(t)] + g'ly(t)].

The el ement 232 determ nes the argunent for
Fx(t)] + g'ly(t) ]

FIG 3aB enables the definition range to be
selected by means of the parameter a, 0 < a < 1,
wherei n continuous regul ation is nade possi ble by neans
of the paraneter a, on the basis of the unit circle of
t he conpl ex nunber plane resp. of the inmaginary axis.
The user can therefore freely determne the definition
range determ ned by the paraneter a on the conpl ex
nunber plane within the unit circle. For this, the
squared real part (333a) and the squared imagi nary part
(334a) of f*[x(t)] + g*[y(t)]Jare cal cul ated. The signal
resulting from333a is then fed to an anplifier 335a
and is anplified by the gain factor 1/a® freely
sel ectable by the user. Additionally, the squared sine
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of the argunent of the sumof the transfer-
functionsf [x(t] + g’ [y(t)]is cal cul at ed.

FIG 4aB, which is to be connected downstream
at the output of FIG 3aB, shows the circuit principle
for a newthird logic element, which checks the signals
generated in FIG 1B and mapped on the conpl ex nunber
pl ane according to FIG 2B, according to the condition

(4aB) R x(t] + gy(t) ]} * V/a® + Ini{f [x(t] + gIy(t) i< 1

The squared real part and squared inmagi nary
part of the sumof the transfer-functions f*[x(t)] +
g*[y(t)]Jand the signals resulting from 334a and 335a
are in this case fed to a further |ogic el enent 436a,
whi ch checks whether the above criterion is satisfied,
hence whet her the values of the sumof the transfer-
functions f'[x(t)] + g'[y(t)Jare within the new range of
val ues defined by the user by nmeans of a.

If this is not the case, a feedback 437 is used
to determine new optim zed values oresp. f (resp. n)
resp.oresp.p, and the entire systemdescribed so far is
passed through again until the values of the sumof the
transfer-functions f [x(t)] + g’ [y(t)Jare within the new
srange of val ues defined by the user by neans of a. The
output signals for the logic elenent 436a are now
transferred to the last logic elenent 538a (FI G 5aB)

The latter finally analyzes the relief of the
function f'[x(t)] + g'[y(t)] for the purpose of
maxi m zi ng the function-val ues, wherein the user has a
free choice of linit value R determ ned by the
inequality (8aB) (and of deviation A, likewise
determ ned by the inequality (8aB)) for this
maxi m zation. Overall, the condition:
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T
(8aB) 0 <R - A [ F7[x(t)] + g'[y(t)]] dt
-T

T

max J[FIx ()] {FIx ()], g*[yi(t)]} e
-T

IN

+

g'ly;(t)] dt

*

R + A

IA

T
<fa* {1 /AN[1- (1 -a% *sin®arg{f[x(t)]
-T

+ g [y(t)]1}]} dt

must be nmet. If this is not the case, a
feedback 539a is used to iteratively determ ne new
optim zed values ¢ resp. f (resp. n) resp.aresp.p, and
the entire system described so far is passed through
again until the relief of the function f'[x(t)] +
g'[y(t)] satisfies the desired maxim zation of the
function-val ues taking into account the linit value R
resp. the deviation A, both defined by the user.

Hence, the original pseudo-stereo converter,
for exanple according to one of the enbodinments in in
WD 2009/ 138205 resp. EP2124486 or EP1850639 (in this
case assum ng the instance of identical inversely
proportional attenuations A and p), is used to
iteratively determ ne new paraneters oresp. f (resp. n)
resp.aresp.p until x(t) and y(t) neet the
af orenenti oned conditions (4aB) and (8aB)

In terns of conpatibility (determ ned by the
sel ect abl e degree of correlation r), definition range
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(determ ned by the selectable gain factor a) and

| oudness (deternmined by the selectable linit value R
resp. the selectable deviation A), the signals x(t)
(123) and y(t) (124) therefore correspond to the

sel ections by the user and are the output signals L
and Rfromthe arrangement descri bed.

Stipulation of the function direction:

Cccasionally, it is also inportant to mrror
t he stereophonic function obtained about the main axis
of the directional pattern on which the stereophonic
processing is based, since for exanple mrror inverted
function in relation to the main axis occurs. This can
be achi eved manual ly by swapping the | eft channel and
the right channel.

I f an already existing stereo signal L°, R is
to be mapped by the present system the correct
function direction can al so be ascertai ned
automatically by neans of the phantom sources generated
using the illustrated pseudo-stereophonic nethodol ogy,
as is showmn by way of exanple in FIG 6bB (which is
directly connected downstreamto FIG 5aB, whereas
FI GURE 6aB may |i kew se be added to FIG 6bB for
determ ning the sumof the conplex transfer-functions
f°(1(t;)) + g (r(t;)) for the already existing stereo
signal L°, R°). In this case, at suitably chosen tines
ti (for which not all of the subsequently cited
correlating function-values of the transfer-functions
Fr(x(ti)) + g’ (y(ti) resp. f(I(ti)) + g'(r(ti)) may be
equal to zero for at |east one case), the already
ascertained transfer-functionf (x(t;)) + g (y(t,)) as
shown in FIG 2B is conpared with the transfer-
functionf (1 (t;)) + g (r(t;)) of the left signal I(t)
resp.of the right signal r(t) of the original stereo
signal L°, R° (which transfer-function is ascertained
by using the circuit showmn in FIG 6aB, the design of
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whi ch corresponds to the first part of the circuit for
the input signals x(t), y(t) in FIG 2B). If these
transfer-functions range in the sanme quadrant or in the
di agonal | y opposite quadrant of the conpl ex nunber

pl ane, the total nunber m of the function-values from
the cited transfer-functions which are located in the
sanme quadrant or in the diagonally opposite quadrant of
t he conpl ex nunber plane is increased by 1 in each
case.

An enpirically (or statistically determ ned)
speci fi abl e nunber b, which should be |ess than or
equal to the nunber of correlating function-val ues of
the transfer-functions f (x(t;)) + g (y(t,) resp.
f°(1(t;)) + g'(r(t;)) unequal to zero, now stipul ates
t he nunmber of necessary matches. Bel ow this nunber, the
| eft channel x(t) and the right channel y(t) of the
stereo signal resulting for exanple from an arrangenent
as showmn in FIG 1B, 2B, 3aB to 5aB are swapped.

If an originally stereophonic signal is to be
encoded into a nono signal plus the function f
describing the directional pattern (resp. the
sinplifying paraneter n of said function) and |ikew se
the paraneters ¢, a, B, L or p (for exanple for the
pur pose of data conpression) (for an exenplary out put
640a whi ch may be enhanced by the paraneter z, see
below), it makes sense to jointly encode the
i nformation regardi ng whether the resulting left
channel is to be swapped with the resulting right
channel (for exanple expressed by the paraneter z,
whi ch takes the value 0 or 1, and, if desired, can
si mul t aneously activate a circuit as shown in FIG 7B)

Wth slight nodifications, simlar circuits to
the circuits showm in FIG 6aB and 6bB can be
constructed which can al so be used at another |ocation
within the electrical circuit or algorithm
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For narrowi ng or expanding the function w dth:

For this application too, the additional use of
prior art conpression algorithnms or data reduction
met hods or the analysis of characteristic features,
such as the mninma or maxi ma for the pseudo-
st ereophoni c signals obtained is recormended in order
to speed up evaluation thereof in accordance with the
i nventi on.

O particular interest (for exanple for
reproduci ng stereophonic signals in autonobiles) is the
subsequent narrow ng or expanding of the function wi dth
of the stereo signal obtained by using the specific
variation of the degree of correlation r of the
resulting stereo signal resp. the attenuations A or
else p (for formng the resulting stereo signal). The
previously determ ned paraneters f (resp. n) which
describe the directional pattern of the signal that is
to be rendered stereophonic, the angle ¢o— to be
ascertained manually or by netrol ogy — encl osed by the
mai n axis and the sound source, the fictitious |eft
opening angle o and the fictitious right opening angle
B can be retained in this case, and it nmakes sense that
now only a final anplitude correction is necessary, for
exanple as per the logic elenent 120 in FIG 1B
provi ded that this narrow ng or expandi ng of the
function wdth is performed manual ly.

If this is to be automated, series of
psychoacousti c experinments show that a constant
function width is essentially dependent on the

criterion

(9B) 0 < S- e< max |Re $F7[x(t)] + g'[y(t) ]!
<

as well as on the criterion
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T
(10B) 0 <U- wx<J{f [x(t)] + g'[y(t) ] dt < U+ x
-T

(where S and ¢ resp. U and k need to be stipul at ed
differently for tel ephone signals, for exanple, than
for music recordings). Accordingly, it is now necessary
to determine only suitable function-values x(t), y(t)
whi ch are dependent on the degree of correlation r of
the resulting stereo signal respectively on the
attenuations A or else p (for the formation of the
resulting stereo signal) or, where necessary, on a

| ogic elenment which is identical to the | ogic el enent
120 in FIG 1B, in accordance with an iterative
operating principle which is based on feedback.

The arrangenent according to FIG 1B, 2B, 3aB
to 5aB, 6aB, 6bB can accordingly be enhanced within the
context of an arrangenent, for instance, of the form
shown in FIG 77B, 8B and/or 9B. FIG 7Bin this case
shows a further exanple of a circuit for normalizing
st ereophoni ¢ or pseudo-stereophoni c signals which, when
connected downstreamto FIG 6bB, is activated as soon
as the paraneter z is present as an input signal. In
this case, the initial value of the gain factor A
corresponds to the final value of the gain factor A in
FIG 1B when the paraneter z is transferred, and the
input signals in FIG 1B are transferred directly as
input signals to FIG 7B at the tinme of this transfer.

The circuits showmn in FIG 7B to 9B can
incidentally al so be used autononmously in other
circuits or algorithns.

In the present arrangenent, the |eft channel
and the right channel are swapped in the M5 matrix 110
by using a logic elenment 110a (which al so activates
this M5 matrix as soon as the paranmeter z is present as
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an input signal), provided that the paraneter z is
equal to 1, otherw se such a swap does not take pl ace.

The resulting output signals L and R fromthe
M5 matrix 110 are now anplified (anplifiers 118, 119)
uniformy by the factor p such that the maxi mum of
both signals has a |l evel of exactly O dB (normalization
on the unit circle of the conplex nunber plane). This
is achieved for exanple by the downstream connection of
a logic elenent 120 which uses the feedbacks 121 and
122 and variation resp. correction of the gain factor
p* of the anplifiers 118 and 119 to cause a nodul ation
of the maxi mumvalue of L and Rto reach 0 dB.

In a further step, the resulting signals x(t)
(123) and y(t) (124) are now fed to a matrix as shown
in FIG 8B in which, follow ng respective anplification
by the factor 1/V2 (anplifiers 229, 230), they are
split into respective identical real and inmaginary
parts, with the real part fornmed fromthe signal x(t),
anplified by means of 229, additionally passing through
the anplifier 231 with the gain factor -1. The conpl ex
transfer-functions f" [x(t)] + g [y(t)]al ready mentioned
in connection with FIG 2B are thus obtained. The
respective real and imagi nary parts are now sunmed and
thus result in the real part and the imaginary part of
the sumof the transfer-functions f" [x(t)] + g [y(t)].

An arrangenent, for exanple based on the |ogic
el ement 640 in FIG 9B, now needs to be connected
downstream which arrangenent checks, for a limt val ue
S - suitably chosen by the user with respect to the
function width of the stereo signal that is to be
attained - or a suitably chosen deviation ¢ - both
defined by the inequality (9B) - whether the condition

(9B) 0< S- e<nax RAFX(t)]+gy(t)]k S+ e 1
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is nmet. If this is not the case, a feedback 641 is used
to determine a new optim zed value for the degree of
correlation r resp. for the attenuations A or else p
(for the formation of the resulting stereo signal), and
the previous steps just described, as illustrated in
FIGURES 7B to 9B, are performed until the above
condition (9B) is fulfilled.

The output signals for the logic el enment 640
are now transferred to an arrangenent, for exanple
based on the logic elenent 642 in FIG 9B. This
arrangenment finally analyzes the relief of the
function f'[x(t)] + g'[y(t)]for the purpose of optim zing
the function-values in terns of the function w dth of
the stereo signal that is to be achieved, the user
being able to suitably select the linmt value Uand the
deviation kx, both defined by the inequality (10B), with
respect to the function width of the stereo signal that
is to be achieved. Overall, the condition:

(10B) 0 < U- k<[f'[x(t)] + g'[y(t)] dt < U+ «

must be net. If this is not the case, a feedback 643 is
used to determ ne a new optim zed val ue for the degree
of correlation r resp. for the attenuations A or else p
(for the formation of the resulting stereo signal), and
the previous steps just described, as illustrated in
FIGURES 7B to 9B, are performed until the relief of the
function f'[x(t)] + g'[y(t)]satisfies the desired

optim zation of the function-values with respect to the
function width taking into account the limt value U
and the deviation x, both suitably chosen by the user.

In terns of the function width — determ ned by
the degree of correlation r resp. the attenuations A or
else p (for the formation of the resulting stereo
signal) — the signals x(t) (123) and y(t) (124)
therefore correspond to the selections by the user and
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represent the output signals L°° and R'fromthe
arrangenment whi ch has just been descri bed.

The arrangenent just described, or portions of
this arrangenent, can be used as an encoder for a full-
fl edged stereo signal that is limted to a nono signa
plus the paranmeters ¢, f (resp. the sinplifying
paraneter n), o, B, Aresp.p).

An al ready existing stereo signal can be
eval uated in respect of r resp. a resp. R resp. A
resp. the function direction (resp. paraneters S resp.
e resp. U resp. « described below) and can then
i kewi se be encoded anew as a nono signal by using the
paraneters o, f (resp. n), o, B, A resp. pin viewof a
device or a nethod according to WY 2009/ 138205 resp.
EP2124486 or EP1850639.

Simlarly, the arrangenent just described, to
whi ch the el ements bel ow may possi bly be added, can be
used as a decoder for nono signals. If ¢, f (resp. n),
a, B, Aresp. presp. the function direction (for exanple
expressed by the paraneter z, which can assune the
value 0 or 1) are known, such a decoder is reduced to
an arrangenent according to W) 2009/ 138205 resp.
EP2124486 or EP1850639.

Overall, such encoders or decoders can be used
wher ever audi o signals are recorded, transduced/
converted, transmtted or reproduced. They provide an
excel lent alternative to nultichannel stereophonic
t echni ques.

Specific areas of application are tel econmu-
ni cati ons (hands-free devices), global networks,
conput er systens, broadcasting and transm ssion
devices, particularly satellite transm ssion devices,
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prof essi onal audi o technol ogy, television, filmand
broadcasting and al so el ectroni c consuner goods.

The invention is also of particular inportance
in connection with the obtaining of stable FM stereo
signal s under bad reception conditions (for exanple in
autonobiles). In this case, it is possible to achieve
stabl e stereophony by sinply using the main channel
signal (L + R) as an input signal, which is the sum of
the left channel and of the right channel of the
original stereo signal. The conplete or inconplete sub-
channel signal (L — R), which is the result of
subtracting the right channel fromthe |left channel of
the original stereo signal, can also be used in this
case in order to forma useable S signal resp. in order
to determ ne or optim ze the paraneters f (resp. n),
whi ch describe the directional pattern of the signa
that is to be rendered stereophonic, the angle ¢ — to
be ascertained nmanually or by netrol ogy — encl osed by
the main axis and the sound source, the fictitious |left
opening angle a, the fictitious right opening angle B,
the attenuations A or else p for the formation of the
resulting stereo signal or, resulting therefrom the
gain factor p° of FIG 1B for normalizing the left and
right channel, resulting fromthe M5 matrixing or from
anot her arrangenent according to the invention, on the
unit circle (in this case 1, for exanple, corresponds
to the maxi mum | evel of 0 dB which has been nornalized
by using p, where x(t) is the left output signal
resulting fromthis normalization and y(t) is the right
out put signal resulting fromthis normalization) or the
degree of correlation r of the resulting stereo signal
or the gain factor a for defining the adm ssible range
of values for the sumof the transfer-functions of the
resulting output signals (for exanple the conpl ex
transfer-functions

(2B) f[x(t)] =[x(t)/V2] * (-1 +1i)
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and

(3B) g'ly(t)] =1[y(t)/V2] * (1+1i),

where, for 0 £ a £ 1, for example, the following is
true:

(4aB)  Rfx(t] + gy(t)] * Va? + Intf [x(t] + g'y(t) i< 1)

or the limit value R* or the deviation A for
stipulating or maxi m zing the absol ute value of the
function-values of the sum of these transfer-functions
(where, for this stipulation or maxi m zation and for
the tinme interval [-T, T] resp. the total nunber of
possi bl e output signals x;(t), yj(t), the follow ng for
exanple is true:

T
(8aB) 0 < R - A< [f'[x(t)] + g'[y(t)]l dt
-T

T
< maxl [ ()] {7 Ix ()], g*[yj(t)]} e®

-T
+ gLy (t) ] dt
<R + A
T
< fa* {1 /N[l - (1 -a% *sin®arg{f’[x(t)]
-T

+ g [y(t)]1}1} dt)

or the function direction of the reproduced sound
sources, for exanple by determ ning the correspondi ng
gquadrants for the function-values of the sum
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determ ned for exanple according to FIG 6aB, of the
transfer-functions for the left and right channel of
the original stereo signal (which can be optim zed for
exanpl e by virtue of subsequent swapping of the
resulting left resp. right channel, see above), or the
limt value S* or the deviation ¢ (for which, by way of
exanple, it nust be true that

(9B) 0 < S- e<max Re 3f x(t)] + g'[y(t) ]tk S+ &< 1)

or the [imt value U* or the deviation x (for which, by
way of exanple, it nmust be true that

T
(10B) 0 < U- wJf'[x(t)] + g[y(t)] dt < U+ x),
-T

all for determning resp. optim zing the
function wdth of the stereo signal to be attained. In
any case, the result is stereophonic function which is
constant in respect of the FM signal.

In this case too, it is additionally possible
to use prior art conpression algorithns, data reduction
met hods or the analysis of characteristic features,
such as the mnima and maxima, in order to speed up the
eval uation of existing or obtained signals or signal
conponent s.

In each enbodi nent and in each figure resp
each elenent, the circuits, converters, arrangenents or
| ogi c el enments descri bed can be inplenented for exanple
by equival ent software prograns and programmed
processors or DSP or FPGA sol utions.
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Li st of synbols used

¢ (phi) angl e of incidence

o (al pha) left fictitious opening angle

B (beta) right fictitious opening angle

A attenuation for the left input signal
p attenuation for the right input signal

The attenuations A and p can be used to adjust the
degree of correlation of the stereo signal.

\V pol ar angl e

f pol ar di stance, which describes the
directional pattern of the M signal

Poa, Pg gain factor for a resp. P

Le, Lp time difference for o resp. B

Sq simul ated | eft signal conponent of the
S signal

Sp simul ated right signal conponent of the
S signal

x(t) | eft output signal

y(t) ri ght output signal

frx(t)] conpl ex transfer-function

g’ ly(t)] conpl ex transfer-function

a gain factor for the definition of the

adm ssi bl e range of values for the sum
of the transfer-functions of the
resulting output signals x(t), y(t)
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r degree of correlation, derived fromthe
short-tinme cross correlation

R [imt value for the | oudness of the
resulting output signals x(t), y(t)

A devi ati on

S 1'1imt value for the function width
of the resulting output signals x(t),
y(t)

€ devi ati on

U 2™ |imt value for the function width
of the resulting output signals x(t),
y(t)

K devi ati on

The practical -commercial application of the
al gebraic invariants just devel oped covers nearly the
entire signal processing field. The stochastic analysis
of audio signals, as known for exanple fromthe field
of digital audio broadcasting (DAB), is of particular
interest; in that field, so far, for the sinulation of
Gaussi an processes, techniques such as the so-called
Tapped Del ay Line nodel or Monte Carl o net hods
(col ored, conplex Gaussian noise in two di mensions)
were used, see bibliographical references. The transfer
of the operating principles applied there for
stabilizing optimzation processes, such as descri bed
in CHO1776/ 09 resp. PCT/EP2010/ 055877, woul d be
concei vabl e, yet not very efficient in practice.
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On the basis of the present al gebraic
invariants, it is however possible, as part of the
invention, to define for exanple a weighting as
fol | ows:

For this purpose, a first optim zation
according to CHO1776/ 09 resp. PCT/EP2010/ 055877, FI G
1B, 2B, 3aB to 5aB, is perforned on a signal section of
the length ti;. The outputs of FIG 5aB are connect edfor
exanple to a nodul e 6001 according to FIG 6C and the
invariants (constituted at the intersection pointsé&yof
the sum of the conplex transfer-functions f'[x(t.)] =
[x(t2))/N2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1
+ 1) with the half-plane defined by the vectors (1, 1,
-2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and
| ocated in the 15 or also 3% quadrants of the conpl ex
nunber plane — the axis of xi;, u; of the represented
al gebrai c nodel coincides here with the real axis, the
axis Xz, u with the imaginary axis) are analyzed in
terns of their statistical distribution. Al & from
the total nunber k; are stored in a nenory (“stack”)
valid for all further described operation sequences;

t he nean val ue

kq
1= (X &u) 'k
h]_ =1

is likew se calculated. The latter is stored together
with the paraneterization ¢i, fi1 (resp. ni), o1, Pa,
determ ned by neans of said first optimzation, in a
further dictionary valid for all further described
operati on seqguences.

According to the function command 6004, in a
second step a second optim zation according to
CHO1776/ 09 resp. PCT/EP2010/055877, FIG 1B, 2B, 3aB to
5aB is then performed on a signal section t, of any
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| ength. The outputs of FIG 5aB are in turn connected
to the nodul e 6001 and the invariants (constituted at
the intersection points &pof the sumof the conpl ex
transfer-functions f'[x(t2)] = [x(t2)/V 2] * (-1 + i)
and g'[y(t2)] = [y(t2)/V 2] * (1 +i) with the half-

pl ane defined by the vectors (1, 1, -2) and (1, 1, 1)
or also (-1, -1, 2) and (1, 1, 1) and located in the
15t or also 3'Y quadrants of the conpl ex number plane —
the axis of xi;, u; of the represented al gebraic nodel
coincides here with the real axis, the axis X2, u; with
the imaginary axis) are analyzed in ternms of their
statistical distribution. Al &, fromthe total nunber
k, are stored in a nenory (“stack”) valid for al
further described operation sequences; the nean val ue

ko
E%2:= (X &) ke
h2 =1

is likew se calculated. The latter is in turn added
together wth the paraneterization ¢ f2 (resp. ny),

a2, P2, determ ned by neans of said second optim zation,
to the first nean value &jas well as its
paraneterization ¢, f1 (resp. ni), az, P1, in the
dictionary valid for all further described operation
sequences. Since the nenory (“stack”) now contains nore
t han one nean val ue, the nodule 6002 is then activated.

The latter cal cul ates the nean val ue &*of al
i ntersection pointséy, &ostored in the stack:

ky ko
2=(X &m * X & )/(ki+ ko)
h]_:l h2:1

and selects fromthe dictionary anong the nean val ues
E°1,&W th their associated paraneterizati onthe nean
val ue closest to &*. If this is the case for both nean
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val ues £&°, &%, &° resp. the paraneterization @i, f1
(resp. ni), a1, P 1s selected fromthe dictionary. The
mean val ue selected fromthe dictionary is then
transmtted together with &% to the nodul e 6003. The
|atter verifies whether the nean val ue selected by the
nodul e 6002 is wthin the interval [-oc + &%, &%+ o],
where o>0represents the standard deviation, freely
sel ectabl e by the user, of the Gauss distribution
fictitiously set as zero in &*:

£~ (22* ) _ (1 / (\/ (21_[) * G )) * e —(U2)*(((2,*-E*2)"2)/cM 2)

I f the nmean val ue sel ected by the nodule 6002
is within the interval [-c + &*, &*+ o], the
paraneterization selected by the nodul e 6002 accordi ng
to 6010 in the arrangenent of FIG 7A resp. FIG 1B
(whi ch shows again for the sake of clarity the
anplifier 717 and the M5 matri x, wherein both of which
are to be passed through only once) resp. the outputs
6006 and 6007 of FIG 1B are activated, |ikew se the
out puts 6008 and 6009 of FIG 2B. The output 6006 runs
into the input 6006 of FIG 6C, the output 6007 runs
into the input 6007 of FIG 6C, the output 6008 runs
into the input 6008 of FIG 6C and the output 6009 runs
into the input 6009 of FIG 6C Reference 6006 directly
represents the output signal x(t) fromthe nodul e 6003,
reference 6007 directly represents the output signal
y(t) fromthe nodul e 6003, 6008 directly represents the
output signal Re f'[x(t)] + g'[y(t)] fromthe nodul e
6003, 6009 directly represents the output signal Im
f'x(t)] + g'[y(t)] fromthe nodul e 6003. These signals,
in the signal processing described above, are to be
treated as if they represented the output signals of
FIG 5aB, which with FIG 6C then constitutes, in this
exanpl e of application, an inseparable unit.

I f the nmean val ue sel ected by the nodule 6002
is outside the interval [-o + &%, &%+ o], in a q'" step
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a g'" optinmization is perforned according to CHO1776/ 09
resp. PCT/EP2010/ 055877, FIG 1B, 2B, 3aB to 5aB on a
signal section tgq of any length. The outputs of FIG
5aB are in turn connected to the nodul e 6001 and the
invariants (constituted at the intersection points &of
the sum of the conplex transfer-functions f'[x(tg] =
[x(tq)/V2] * (-1 +i) and g'[y(tq)] = [y(te/V 2] * (1
+ 1) with the half-plane defined by the vectors (1, 1,
-2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and
| ocated in the 15 or also 3'% quadrants of the conpl ex
nunber plane — the axis of xi;, ujof the represented

al gebrai c nodel coincides here with the real axis, the
axis Xz, uwith the imaginary axis) are analyzed in
terms of their statistical distribution. Al &, from
the total nunmber ky are added to &u,&w ..., &g1in a
menory (“stack”) valid for all further described

oper ati on sequences; the nean val ue

Kq

&%= (X &) /kq
hg=1

is likew se calculated. The latter is in turn added
together with the paranmeterization ¢q fq (resp. ng),
og, Pg, determned by nmeans of said g'" optinization, to

the first mean val uesg&®, &%, ..., &qias well as to
their paraneterizationses;, fi1 (resp. ni), o, P1; @2 f2
(resp. n2), oz P2 ...; Oq1, fg1 (resp. ng-1), og1, Poi

in the dictionary valid for all further described
operati on sequences. Since the nenory (“stack”) now
contains nore than one nean val ue, the nodul e 6002 is
then acti vat ed.

The latter cal cul ates the nmean val ue &*of al
intersection points &w, &2, ..., &g Stored in the
st ack:
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ke ko Kq
Eq= (2 &u * X Gut ... +X & )/ (ki t+ ko +..Kkg
h]_:l h2:1 hq:].

and selects fromthe dictionary anong the nean val ues
£°,8&%, ..., & th their associ ated paraneterization o,
f (resp. n), a, P, the nmean value closest to &% |If
this is the case for different paraneterizations, the
paraneterization that appears nost often in the
dictionary is selected. If several paraneterizations
appear the sane nunber of tines, the one that shows the
w dest scattering in the dictionary is selected, i.e.
the one for which the difference d — ¢ is maxi num
where d represents the last and ¢ the first index
nunber of the respectively optim zation steps
undergone. If this too applies to several
paraneterizations, the first one that appears is

sel ected. If two mean val ues from &°, &%, ..., &°%q@re cl ose
to &*, insofar as in a g-1'" step one of the two nean
val ues resp. their associ ated paraneterizations is
selected fromthe dictionary, the very sanme one resp
its associated paraneterizations is retained. The nmean
val ue selected fromthe dictionary is then transmtted
together with &*to the nodule 6003. The latter

verifies whether the nean val ue sel ected by the nodul e
6002 is wthin the interval [-oc + &%, &*t+ o], where o>0
represents the standard deviation, freely sel ectable by
the user at the beginning of the entire process
illustrated here, of the Gauss distribution
fictitiously set as zero in &*;

£¥(zq) = (1 / (N(2m) * o))*e W(@&02)

I f the nmean val ue sel ected by the nodule 6002
is wthin the interval [-o + &%, &*+ o], the
paraneterization selected by the nodul e 6002 accordi ng
to 6010 in the arrangenent of FIG 7A resp. FIG 1B
resp. the outputs 6006 and 6007 of FIG 1B are
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activated, |ikew se the outputs 6008 and 6009 of FIG
2B as well as the correspondi ng i nputs and out puts of
FIG 6C Reference 6006 again directly represents the
out put signal x(t) fromthe nodul e 6003, reference 6007
directly represents the output signal y(t) fromthe
nodul e 6003, 6008 directly represents the output signal
Re f'[x(t)] + g’ [y(t)Ifromthe nodul e 6003, 6009 directly
represents the output signal Imf [x(t)] + g [y(t)]from

t he nodul e 6003. These signals, in the signal
processi ng descri bed above, are again to be treated as
if they represented the output signals of FIG 5aB
which with FIG 6C constitutes, in the present exanple
of application, an inseparable unit.

I f the nmean val ue sel ected by the nodule 6002
is outside the interval [-c + &% &%+ o], in a gq+1'"
step a q+1'" optimization is perforned in the same form
as for the g'" step and for the q'" optinmzation. The
process is repeated as | ong as necessary until one
el ement of the dictionary fulfills the above
requi renents or a maxi num nunber of all owed
optim zation steps has been reached.

FI G 5C shows the convergence behavi or of the
j ust established weighting-function for three
optim zation steps: 5001 represents in this case the
first nean val ue &, 5002 the second nean val ue &°,
5003 the first Gauss distribution fictitiously set as
zero in¢&*

*

£Y(z2 ) = (1 / (N(2m) * G))*e—(1/2)*(((22*-.1;*3A2)/c’\2)’

whereoc>0represents the standard devi ation, freely

sel ectable by the user at the beginning of the entire
process illustrated here, 5004 the third nean val ue
E°3, which remains within the turning points defined by
o of the Gauss distribution 5005 of sane standard
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deviation, fictitiously set as zero in &*;, and thus
fulfills the convergence criterion.

In each case, the result is a paraneterization
¢, f (resp. n), o, B, which supplies a pseudo-
stereophoni c function that on average is optinmumin
relation to all algebraic invariants.

As the nunber of signal sections increases, the
distribution of the intersection points § of the
al gebraic invariants on the half-plane respectively
anal yzed with the conpl ex nunber pl ane approxi mates the
Gauss distribution. The smaller the chosen standard
deviation s is, the closer to ideal the resulting
paraneterization wll be.However, as an only finite
nunber of signal sections are avail able, o should not
be chosen too small.

Neverthel ess, the nethod in terns of its
convergence is considerably faster for sufficiently
| ong signal sections than nentioned sinulation nodels,
since algebraic invariants are available for the first
tinme to serve as valid “points of reference” for a
wei ghting of already determ ned paraneterizations.

In principle, use of the described invariants
i's however not conpul sorily bound to a systemas in
FIG 3Ato 12A resp. 1B, 2B, 3aB, 4aB, 5aB, 6aB, 6bB
7B to 9B resp. 5C and 6C, but can on the contrary be
applied to nearly any part of the entire field of
signal technol ogy. The described nornalization on the
unit circle of the conplex nunber plane, wherein for
exanple two signals x(t) and y(t) are anplified
uniformy by a factor p (anplifiers 118, 119 in FIG
1B) such that the maxi num of both signals has a | evel
of exactly O dB, is not necessary in this case. The
val ue range for the anal yzed conbi nati on or
conbi nations — or also for any above function or
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functions of one or several signals — can thus
according to the invention conprise the entire val ue
range of the real or conplex nunber plan and therefore
does not remain limted to the unit circle.

If it is intended to normalize a conbination

f~(t) or several conbinations f;°(t), f2°(t), ...,
fpo"(t) of at least two signals si(t), sao(t), ..., sut)
resp. of their transfer-functions ti(si(t)), ta(s2(t)),

., tse{t)) — or also the above freely definable
function f#(t) or freely definable functions fi*(t),
fo*(t), ..., f,5(t) of one signal s*(t) or of several
signal s s:*(t), s*(t), ..., si’(t) — although there is
no inperative necessity of doing so, this normalization
can be freely definable.

I nstead of the effective nodul ati on of the
maxi mum val ue of L and Rin the present exanple to 0 db
(anplifiers 118 and 119 as well as logic elenment 120 in
FIG 1B), it is thus possible for exanple to achieve a
normal i zation on the basis of the suns of the nean
square energy of each of the two respective channel s,
i.e. for L equal to x# (t;) and R equal to yx (ti) on
the basis of the sumz, + zgof

T

ZLi = (1/Ti) * [ Xy (ti) dt
0

and
T

zr = (U Ti) * 1 ya (ti) dt
0

to introduce a normalization with respect to a
reference val ue z,¢,according to the principle that xu
(ti) and ys (tij) each are to be nultiplied by the factor
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Zvet | (2Zui + Zgr)

If this principle is generalized for exanple
according to FIG 7C, this principle can be extended to
any nunber of signals s; (t;) of the total nunber §
(7001), for each of which respectively the nean square
energy is cal culated (7002):

T
Zsj (ti) = (1/T) * g S (ty) dt,
0

where again T, represents the tinme span of the tine
interval t;, and which signals are subsequently
multiplied (7003) with a weighting G defined for each
signal s; (t).

Follow ng this, the products G * Zs (i) thus
obt ai ned are summed according to 7004. This sumis
transmtted to the anplifiers of 7005 that are
i ndividually connected to the original signal inputs

si(ti), s2(ti), ..., ss(ti), and the signals si(t;),
Sa(ti), ..., sSs(ti) are then uniformy anplified by the
factor
d
Ziet / (X G * Zsj (ti))
j =1

and for exanple transmtted to the nodule 7006, which -
according to the disclosure of the invention —

determ nes the invariants of the conmbination f~(t) or
of several conmbinations f.°(t), fo°(t), ..., fp°(t) of

at least two signals si(t), s2(t), ..., ss(t) resp. of
their transfer-functions ti(si(t)), ta(s2t)), ...,
ts(ss(t)) —or also the freely definable function f#(t)

or the freely definabl efunctions f.*(t), f.*(t), ...,
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f *(t) of one signal s”(t) or of several signals s;*(t),
Sz#(t), ey Sg#(t).

Simlar considerations can in particul ar extend
al so for exanple to audio signals according for exanple
to ITUR BS. 1770; the nodul es 7002 to 7005 are then
omtted and the signals can be forwarded directly to
t he nodul e 7006.

Even when anal yzing a single, sufficiently |ong
time span for a conbination f~(t) or
several conbi nations f,°(t), f>°(t), ..., fp°(t) of at
| east two signals si(t), s2(t), ..., sp(t) resp. of
their transfer-functions ti(si(t)), ta(s2t)), ...,
t{se{t)) - or also for the freely definable function
f#*(t) or the freely definable functions f.*(t), fJ*(t),

., F.%(t) of one signal s*(t) or of several signals
sif(t), s2*(t), ..., s(t) —the invariants according to
t he disclosure of the invention can be determ ned and
used specifically in an industrial-technical context
(for exanple for evaluating individual signals or
processing or optimzing any signal paraneter or
transm ssion paraneter). The application of the object
of the invention it thus not limted to the exanpl es
gi ven above, but is oriented in principle towards the
descri bed determ nation of invariants for any signals
or signal sections of any length according to the
di scl osure of the invention.
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Patent C ai ns

1. Method for evaluating

- a conbination (f~(t)) or several conbinations

(fo7(t), f2(t), ..., fp°(t)) of two or nore signals
(sa(t), s2(t), ..., sp{t)) resp. of their transfer
functions (ti(si(t)), ta(s2(t)), ..., tu{sn{t))), which

can be represented on the real resp. conplex nunber

pl ane, wherein (si(t)) represents the function val ue of
the first signal at the point in tinme t, (s2(t))
represents the function value of the second signal at
the point intinmet, ..., (sdt)) represents the func-
tion value of the mi" signal at the point in time t,

or

- a freely definable function (f*(t)) or of
freely definable functions (f. *(t), f.°(t), ..., f.(t))
of one signal (s*(t)) or of several signals (s:#(t),
s.*(t), ..., sd’(t)), which can be represented on the
real resp. conplex number plane, wherein (s:#(t))
represents the function value of the first signal at
the point intime t, (s2?(t)) represents the function
val ue of the second signal at the point intime t,
(so”(t)) represents the function value of the Q' signal

at the point intimet,
characterized in that

- for one or several signal sections (ti, ta,
., ty the invariants of one function or of several

functions of the combination (f~(t)) or of the
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conbi nations (f1°(t), f2°(t), ..., fp°(t)) are
det er m ned,

or

- for one or several signal sections (ti, to,
., tJ) the invariants of one function or of several
functions of the freely definable function (f*(t)) or
of the freely definable functions (f. *(t), fJ2*(t), ...,

f *(t)) are deternined.

2. Method according to claim1l, characterized in
t hat

- for a conbination (f~(t)) or several
conbi nations (f1°(t), f2°(t), ..., fp°(t)) of two or
nmore signals (si(t), s2t), ..., sn{t)) resp. of their
transfer functions (ti(si(t)), ta(s2t)), ...,
te{sn{t))), which can be represented on the real resp.
conpl ex nunber pl ane,

or

- for a freely definable function (f%t)) or
freely definable functions (f. *(t), f.°(t), ..., f.(t))
of one signal (s*(t)) or of several signals (s:#(t),
s.*(t), ..., sg’(t)), which can be represented on the
real resp. conplex nunber pl ane,

- for one or several signal sections (ti, ta,
., ty the invariants of one function or of several
functions of the conmbination (f~(t)) or of the
conbi nations (f1°(t), f2°(t), ..., fp°(t)) are
determ ned which, if necessary after appropriate



conversion, contain the function by neans of an
equation in the formof (Avi® + Bvy? + Cvs® + 2Fvyvs +
2Gv3v, + 2Hvivo = O),

or

- for one or several signal sections (ti, to,

., t.) the invariants of one function or of several
functions of the freely definable function (f*(t)) or
of the freely definable functions (f. *(t), f2*(t), ...,
f *(t)) are deternined which, if necessary after
appropriate conversion, contain the function by nmeans
of an equation in the formof (Avi® + Bv,? + CQvs® +
2Fvavs + 2Gv3vy + 2Hvivy = 0).

3. Method according to claim1l, characterized in
that the invariants, if necessary after appropriate
conversion, can be represented as |inear conbination of
invariants resp. of vectors on one plane which, if
necessary after appropriate conversion, is vertical to
the real or conpl ex nunber plane and crosses the
latter, if necessary after rotation or appropriate
conversion, in the diagonals of the 1° and 3"
gquadr ant s.

4. Method according to claim1, characterized in
that it uses the intersection points of these
invariants resp. vectors with the real or conpl ex
nunber plane, on which

- t he anal yzed conbi nation (f“(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t))

or
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- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),

fAt), ..., £.51)),

i f necessary after appropriate conversion, can be
repr esent ed.

5. Method according to claim1l, characterized in
that said signals (si(t), s2(t), ..., sn(t) resp. s*t)
resp. s:*(t), s.*(t), ..., si*(t) (resp. x(t), y(t) resp
X# (t), y#(t))) are audio signals.

6. Method according to claim1l, characterized in
that on the basis of the determined invariants or, if
necessary after appropriate conversion, of the
intersection points of these invariants resp. vectors
with the real or conpl ex nunber plane, on which, if
necessary after appropriate conversion, is/are |ocated

- t he anal yzed conbi nation (f“(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t))

or

- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),

fAt), ..., £.1)),

or also on the basis of a selection of these invariants
or intersection points, a selection according to

statistical or other criteria is nmade.

7. Method according to claim1l, characterized in
t hat
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- the anal yzed conbi nation (f “(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t)) or
the used two or nore signals (si(t), s2(t), ..., sn(t))
or the used transfer functions (ti(si(t)), ta(s2(t)),
., tusn(t))), can be represented on the real resp.
conpl ex nunber pl ane,

or

- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),
fo*(t), ..., f,5(t)) or the used signal (s*(t)) or the
used signals (si*(t), s2*(t), ..., s(t)), can be
represented on the real resp. conplex nunber plane,

can be nornmalized as regards their anplitude or other
properties of theirs.

8. Method according to claim7, characterized in
that the normalizati on occurs on the basis of the

signal |evel

9. Method according to claim7, characterized in
that the normalization occurs on the basis of nean-
square energy.

10. Method according to claim1, characterized in
t hat

- the intersection points (&, of the conbination
(f"(ty1)) or of the conmbinations (fi°(t1), f2°(ts), ...,
fp"(t1)) of two or nore signals (si(ti), s2(ts), ...,
Se{ti1)) resp. of their transfer functions (ti(si(ti)),
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ta(s2(ty)), ..., tusnt1))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(t1)) or of the freely definable
functions (f.*(t1), f2*(ts), ..., f,5(t1)) of the signa
(s*(t1)) or of the signals (s:*(t1), s2*(ti), ...,
so’(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

are, if necessary after appropriate conversion,
determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 1% quadrant of the
conpl ex or real nunber plane,

wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the
conpl ex nunber plane, and the ordinate axis of the real
nunber plane is identical wth the imginary axis of

t he conpl ex nunber plane, and then their nean val ue (

ky
1= (X &m) / ke
hy :1)

i s cal cul at ed;

- the intersection points (&) of the conbination
(f"(ty)) or of the conmbinations (fi1°(t2), f2°(t2), ...,
fp"(t2)) of two or nore signals (si(t2), sa2(t2), ...,
Sr{tz2)) resp. of their transfer functions (ti(si(tz2)),
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ta(s2(ta)), ..., tusnt2))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&) of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t2), f2*(t2), ..., f,5(t2)) of the signa
(s*(t,)) or of the signals (s:i*(t2), s2*(tz), ...,
so’(t2)), which can be represented on the real resp.
conpl ex nunber pl ane,

are, if necessary after appropriate conversion,

determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 1% quadrant of the
conpl ex or real nunber plane, and then their nean val ue

(

ko
2= (2 &e) ke
h2:1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)

are cal cul ated, and, insofar as the nean val ue (&)
cl osest to (&*), where v is equal to 1 or 2, then lies
within the interval [-c + &%, &%+ o], where o

represents the fictitious standard deviation o > 0,
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freely selectable by the user, by selecting to be
mat ched wth (&)

- the conbination (f “(ty,)) or conbinations

(f17(ty) or fo°(ty) or ... or fy,°(ty,)) or signals (si(ty)
or sy(t,) or ... or spt,)) or the transfer functions
(ta(sa(ty)) or ta(sa2(ty)) or ... or tosSn(ty))), wWhich can

be represented on the real resp. conpl ex nunber pl ane,
or

- the freely definable function (f*(t,)) or
freely definable functions (fi*(t,) or f,*(t,) or ... or
f . *(t,)) or signals (s*(t,)) or (si(t,) or sy*(t,) or
or s.f(t,)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the

entire process is ended, otherw se, provided both nean
val ues (&°1, &%) have the sanme distance to (&%2), (&%) is
sel ected and, provided the first nmean value (&) lies
within the interval [-oc + &%, &%+ o], by selecting to
be matched with (&%)

- t he conbination (f"(ti)) or conbinations

(f17(tq) or fo°(ty) or ... or fp°(ty)) or signals (si(ti)
or sp(ti) or ... or sp(ti)) or the transfer functions
ti(si(t1)) or ta(sz(ti)) or ... or tusnti))), which can

be represented on the real resp. conpl ex nunber pl ane,

or
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- the freely definable function (f*(ty)) or
freely definable functions (fi*(t1) or f.*(ty) or ... or
f *(t1)) or signals (s*(t1)) or (si*(t1) or sy*(ty) or
or s (t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the

entire process is ended, otherwise, in a g'" step

- the intersection points (&, of the conbination
(f~(tgq)) or of the conbinations (f1°(tg), f2°(tg), ...,
fpo"(tg)) of two or nore signals (si(tq), sa2(tq), ...,
S{tq)) resp. of their transfer functions (ti(si(tq)),
to(sa2(tg)), ..., t{Sn{tg))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (fi*(tg), f2"(tg), ..., f,7(tg)) of the signa
(s*(tq)) or of the signals (si*(tq), s2*(tg), ...,
Sa’(tq)), which can be represented on the real resp.
conpl ex nunber pl ane,

are, if necessary after appropriate conversion,

determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 1% quadrant of the
conpl ex or real nunber plane, and then their nean val ue

(
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kq
E%9:= (X &) / kg
hg = 1)
as well as the nean value (&*) of all intersection
points (&u, &2, ..., &nq
ki ko Kq
E¥q:= (X &u + X Gt ... +Y &y )/ (kit+ ko +..Kkg
h]_:l h2:1 hq:].)

are cal cul ated, and, insofar as the nean val ue (&°w)

closest to (&*), where w is equal to 1 or 2 or ... or

g, then lies within the interval [-oc + &%, &%+ o],
where crepresents the fictitious standard deviation ¢ >
0, freely selectable by the user, by selecting to be

mat ched with (&)

- t he conbination (f "(tw)) or conbinations

(f17°(tw) or f2°(tw) or ... or fy,°(tw)) or signals
(s1(tw) or sy(tw) or ... or sytw)) or the transfer
functions (ti(si(tw)) or ta(sz(tw)) or ... or

t{S{tw))), which can be represented on the real resp.

conpl ex nunber pl ane,

or

- the freely definable function (f*(tw)) or
freely definable functions (f*(tw) or f,*(tw) or ... or

f*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or



or sof(tw)), which can be represented on the rea

resp. conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the
entire process is ended, otherw se for the sane nean

val ue of vari ous

- conbi nation (f “(ts)) or conmbinations (fi1°(ts),

fo"(ts), ..., fp°(ts)) or signals (si(ts), saots), ...,
Se{ts)) or the transfer functions (ti(si(ts)),
ta(s2(ts)), ..., tusnts))), which can be represented on

the real resp. complex number plane, 1 £ s £ q,
or

- freely definable function (f*(tv)) or freely
definable functions (f. *(tvy, f2°(ty, ..., f.5(ty) or
signals (s*(ty) or Signale (si#*(ty, s (tv, ...,
so*(t1)), which can be represented on the real resp.

complex number plane, 1 <1< q,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, those
signals or those transfer functions or those

conbi nations or those functions or those properties or
paraneters are selected that so far appeared with the
hi ghest frequency, otherw se, insofar as several
signals or transfer functions or conbinations or
functions or their properties or paranmeters occur with
the same frequency, those are selected that exhibit the
w dest scattering, i.e. those for which the difference
d —cis maximum where d represents the last and c the
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first index nunber of the optimzation steps
respectively undergone, otherwise if this too applies
to several signals or transfer functions or

conbi nations or functions or their properties or
paraneters, the first one that appears is sel ected,
otherwise if two nmean val ues from (&°,¢&%,...,&%) are cl ose
to (&), insofar as in a g-1'" step one of the two mean
val ues resp. their associated signals or transfer
functions or conbinations or functions or their
properties or paraneters is selected, the very sane
ones are retained and, insofar as the sel ected nean
value then l[ies within the interval [-oc + &%, &%t o ],
where ocrepresents the fictitious standard deviation ¢ >
0, freely selectable by the user, by selecting to be
mat ched with this nean value the signals or transfer
functions or conbinations or functions or their
properties or paraneters, the entire process is ended,
otherwi se a g+1'" step in the sane formas represented
for the q'" step is performed and the process is
repeated as | ong as necessary until one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l owed optim zation steps has been reached,

or in that

- the intersection points (&, of the conbination
(f"(ty1)) or of the conmbinations (f1°(t1), f2°(ts), ...,
fp"(t1)) of two or nore signals (si(ti), s2(ts), ...,
Sr{ti1)) resp. of their transfer functions (ti(si(ti)),
ta(s2(ty)), ..., tusnt1))), which can be represented on
the real resp. conpl ex nunber plane

or



10

15

20

25

- the intersection points (&, of the freely
definable function (f*(t1)) or of the freely definable
functions (f.(t1), f2*(ts), ..., f,5(t1)) of the signa
(s*(t1)) or of the signals (s:i*(t1), s2*(ti), ...,
so’(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

are, if necessary after appropriate conversion,
determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 3" quadrant of the
conpl ex or real nunber plane, wherein hereinafter the
absci ssa axis of the real nunber plane is identical

with the real axis of the conpl ex nunber plane, and the

ordinate axis of the real nunber plane is identical
with the imaginary axis of the conplex nunber plane,
and then their nmean val ue (

ky
1= (X &m) / ke
hy :1)

is cal cul at ed;

- the intersection points (&) of the conbination
(f°(ty)) or of the conbinations (fi1°(t2), f27°(t2), ...,
fpo"(t2)) of two or nore signals (si(t2), s2(t2), ...,
Sr{tz2)) resp. of their transfer functions (ti(si(tz2)),

ta(s2(ta)), ..., tusnt2))), which can be represented on

the real resp. conpl ex nunber plane,

or
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- the intersection points (&) of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t2), f2*(t2), ..., f,(t2)) des Signals
(s*(t2)) of the signal (s*(tz)) or of the signals
(si*(t2), s2*(t2), ..., sd’(t2)), which can be represented
on the real resp. conplex nunber plane,

are, if necessary after appropriate conversion,

determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 3" quadrant of the
conpl ex or real nunber plane, and then their nean val ue

(

ko
2= (X &)l ke
h2:1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)

are cal cul ated, and, insofar as the nean val ue (&)

cl osest to (&*), where v is equal to 1 or 2, then lies
within the interval [-oc + &%, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user, by selecting to be

mat ched wth (&)
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- the conbination (f “(ty,)) or conbinations

(f17(ty) or fo°(ty) or ... or fy,°(ty,)) or signals (si(ty)
or sy(t,) or ... or spt,)) or the transfer functions
(ta(si(ty)) or ta(s2(ty)) or ... or tosnty))), which can

be represented on the real resp. conpl ex nunber plane
or

- the freely definable function (f*(t,)) or
freely definable functions (f.*(t,) or fy*(t,) or ... or
f *(t,)) or signals (s*(t,)) or (si(t,) or sy*(t,) or
or s.f(t,)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the
entire process is ended, otherw se, provided both nean
val ues (&°1, &%) have the sanme distance to (& 2), (&%) is
sel ected and, provided the first nmean value (&%) lies
within the interval [-o0 + &%, &%+ o], by selecting to

be matched with (&%)

- t he conbination (f"(ti1)) or conbinations

(f17(tq) or fo°(ty) or ... or fp°(ty)) or signals (si(ti)
or sp(ti) or ... or sp(ti)) or the transfer functions
(ti(sa(t1)) or ta(satz)) or ... or tusnti))), which can

be represented on the real resp. conpl ex nunber pl ane,
or

- the freely definable function (f*(ty)) or
freely definable functions (fi*(t1) or f.*(ty) or ... or

f *(t1)) or signals (s*(t1)) or (si*(t1) or sy*(ty) or
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or s.(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the

entire process is ended, otherwise in a gq'" step

- the intersection points (&, of the conbination
(f~(tgq)) or of the conbinations (f1°(tg), f2"(tg), ...,
fp"(tg)) of two or nore signals (si(tgq), sa2(tq), ...,
S{tg)) resp. of their transfer functions (ti(si(tq)),
to(sa(tg)), ..., t{Sn{tg))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (fi*(tg), f27(tg), ..., f,7(tg)) of the signa
(s*(tq)) or of the signals (si*(tq), s2*(tg), ...,
Sa’(tq)), which can be represented on the real resp.
conpl ex nunber pl ane,

are, if necessary after appropriate conversion,

determ ned by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 3'% quadrant of the
conpl ex or real nunber plane, and then their nean val ue

(

Kq

&= (X &) / kg
hy =1)
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as well as the nean value (&*) of all intersection
poi nts (&u, &2, ..., &nq
K1 ko Kq
Eq= (X &m * X &Gt ... +) & )/( kit ko +..kg
h]_:l h2:1 hq:].)

are cal cul ated, and, insofar as the nean val ue (&)

closest to (&*), where w is equal to 1 or 2 or ... or
g, then lies within the interval [-oc + &%, &%+ o],

where crepresents the fictitious standard deviation ¢ >
0, freely selectable by the user, by selecting to be

mat ched with (&)

- t he conbination (f "(tw)) or conbinations

(f17°(tw) or f2°(tw) or ... or fy,°(tw)) or signals
(s1(tw) or sy(tw) or ... or sytw)) or the transfer
functions (ti(si(tw)) or ta(sz(tw)) or ... or

t{S{tw))), which can be represented on the real resp.

conpl ex nunber pl ane,

or

- the freely definable function (f*(tw)) or
freely definable functions (f:*(tw) or f,*(tw) or ... or
f*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or

or sof(tw)), which can be represented on the rea

resp. conpl ex nunber pl ane,
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or the properties or paraneters of these signals or
transfer functions or conbinations or functions, the
entire process is ended, otherw se for the sane nean

val ue of vari ous

- conbi nation (f “(ts)) or conmbinations (fi1°(ts),

fo"(ts), ..., fp°(ts)) or signals (si(ts), saots), ...,
Se{ts)) or the transfer functions (ti(si(ts)),
ta(s2(ts)), ..., tusnts))), which can be represented on

the real resp. complex number plane, 1 £ s £ q,
or

- freely definable function (f*(tv)) or freely
definable functions (f. *(tvy, f.°(ty, ..., f.5(ty) or
signals (s*(tvy) or signals (si#*(ty, s*(tv, ...,
so*(t1)), which can be represented on the real resp.

complex number plane, 1 < 1< q,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, those
signals or those transfer functions or those

conbi nations or those functions or those properties or
paraneters are selected that so far appeared with the
hi ghest frequency, otherw se, insofar as several
signals or transfer functions or conbinations or
functions or their properties or paranmeters occur with
the same frequency, those are selected that exhibit the
w dest scattering, i.e. those for which the difference
d —cis maxinmum where d represents the last and c the
first index nunmber of the optim zation steps
respectively undergone, otherwise if this too applies
to several signals or transfer functions or

conbi nations or functions or their properties or
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paraneters, the first one that appears is sel ected,
otherwise if two nmean val ues from (&°,¢&%,..,&%) are cl ose
to (&), insofar as in a g-1'" step one of the two mean
val ues resp. their associated signals or transfer
functions or conbinations or functions or their
properties or paraneters is selected, the very sane
ones are retained and, insofar as the sel ected nean
value then l[ies within the interval [-oc + &%, &%t o ],
where crepresents the fictitious standard deviation ¢ >
0, freely selectable by the user, by selecting to be
mat ched with this nean value the signals or transfer
functions or conbinations or functions or their
properties or paraneters, the entire process is ended,
otherwi se a g+1'" step in the sane formas represented
for the q'" step is performed and the process is
repeated as | ong as necessary until one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l owed optim zation steps has been reached.

11. Method according to claim1, characterized in
t hat

- the intersection points (&, of the sumof the
conpl ex transfer functions (f'[x(t1)] = [x(t1)/V¥ 2] * (-1
+ i) and g'[y(t1)] = [y(t)/V 2] * (1 +i)) of the paired
signal (x(ti), y(ti)), which can be represented on the
conpl ex or real nunber plane are determned, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
1°' quadrant of the conplex or real number plane,
wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the
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conpl ex nunber plane, and the ordinate axis of the real
nunber plane is identical wth the imginary axis of
t he conpl ex nunber plane, and then their nean val ue (

ky
1= (X &m) / ke
h = 1)

i s cal cul at ed;

- the intersection points (& of the sumof the
conpl ex transfer functions (f'[x(t2)] = [x(t2)/V 2] * (-1
+ i) and g'[y(t2)] = [y(t2)/V 2] * (1 +i)) of the paired
signal (x(t2), y(t2)), which can be represented on the
conpl ex or real nunber plane, are determ ned, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
1°' quadrant of the conplex or real nunber plane, and
then their nean val ue (

ko
2= (X &)l ke
h2 :1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)

are cal cul ated, and, insofar as the nean val ue (&)

cl osest to (&*), where v is equal to 1 or 2, then lies
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within the interval [-c + &*, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user, by selecting the signals
(x(ty,) or y(ty) or transfer functions (f'[x(t,)] = [x(t,
)/IN2] * (-1 + ) or gily(t,] = [y(t)/N2] * (1 +1i))

or suns of these transfer functions or specific
properties or paraneters of these signals or transfer
functions or suns to be matched with (&,), the entire
process is ended, otherw se, provided both nmean val ues
(&°1,&%2) have the sane distance to (&), (&%) is
selected and, provided (&°1) lies within the interval [
-0 + &%, &%+ o], by selecting signals (x(ti) or y(ti))

or transfer functions (f'[x(t1)] = [x(t)/V2] * (-1 + i)
or g'[y(t1)] =1[y(t)/V2] * (1 +i)) or sums of these
transfer functions or specific properties of paraneters
of these signals or transfer functions or sunms to be
mat ched with (&%), the entire process is ended,

ot herw se

- inaq" step, the intersection points (&) of
the sum of the conplex transfer functions (f'[x(tg)] =
[x(tq)/V2] * (-1 +i) and g'[y(tg)] = [y(ta)/V2] * (1 +
i)) of the paired signal (x(tg), Y(tg)), which can be
represented on the conplex or real nunber plane, are
determ ned, if necessary after appropriate conversion,
by neans of the half-plane defined by the vectors (1,
1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1)
and located in the 1% quadrant of the conplex or real
nunber plane, and then their nean val ue (
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kq
Ea= (X &) / K
hy =1)
as well as the nean value (&*) of all intersection
points (&m, &2, ..., &na
K1 ko Kq
Eq= (X &m * X &Gt ... +X & )/( kit ka +..kg,
h]_:l h2:1 hq:].)

are cal cul ated, and, insofar as the nean val ue (&°w)

closest to (&*), where w is equal to 1 or 2 or ... or

g, then lies within the interval [-oc + &%, &%+ o],
where ocrepresents the fictitious standard devi ation o >
0, freely selectable by the user, by selecting signals

(x(tw) or y(tw)) or transfer functions (f [x(tw)] =

[X(tw)/V 2] * (-1 +i) or g'[y(tw)] =[y(tw)/N 2] * (1 +
i)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer

functions or suns to be matched with (&(°w), the entire
process is ended, otherwi se in case of the sane nean
value of different signals (x(tg or y(tsg) or transfer
functions (f'[x(t9] = [x(t9/V 2] * (-1 +i) or g'[y(ty]
= [y(tg/N 2] * (1 +i)) or suns of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or sums, 1 < s £ g, those
signals (x(tg or y(tg) or transfer functions (f [x(t¢]
= [x(t9/N2] * (-1 +i) or gly(td] =[y(t9/N2] * (1
+ 1)) or sunms of these transfer functions or specific
properties or paraneters of these signals or transfer
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functions or suns are selected that so far appeared

wi th the highest frequency, otherw se, insofar as as
several signals (x(tg or y(tg) or transfer functions
(F'Ix(t9] = [x(t9/V2] * (-1 +1i) or gly(ty] =
[y(t9/V 2] * (1 +i)) or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns occur with the
sanme frequency, those signals (x(ts or y(tg) or
Transfer functions (f'[x(t9] = [x(t9/V2] * (-1 +i)

or g'[y(t9] =[y(tg/V2] * (1 +i)) or or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms are

sel ected that exhibit the wi dest scattering, i.e. those
for which the difference d — ¢ is maxi num where d
represents the last and c¢c the first index nunber of the
optim zation steps respectively undergone, otherw se if
this too applies to several signals (x(tg or y(ty) or
transfer functions (f'[x(t9] = [x(t9/V2] * (-1 +1i) or
gy(t9] = [y(t9/V 2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, the
first one that appears resp. its signals (x(ty or
y(tg) or transfer functions (f'[x(t9] = [x(tg/V 2] *
(-1 +i) or g'ly(t9] =1[y(t9g/V2] * (1 +i)) or sunms of
t hese transfer functions or specific properties or
paraneters of these signals or transfer functions or
suns are selected, otherwse, if two nean values from
(&0, 8%, ...,8°%) are close to (&%), insofar as in a g-1'"
step one of the two nmean val ues resp. their associated
signals (x(t) or y(t)) or transfer functions (f'[x(t)] =
[x(t)/V2] * (-1 +i) or g'[y(t)] = [y(t)/N2] * (1 +

i)) or suns of these transfer functions or specific
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properties or paraneters of these signals or transfer
functions or suns are selected, the very sanme ones are
retai ned, and, insofar as the selected nean val ue then
lies wthin the interval [-oc + &%, &+ o ], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user, by selecting to be

mat ched with this nean value the signals (x(t) or y(t))
or transfer functions (f'[x(t)] = [x(t)/N 2] * (-1 + i)
or g'[y(t)] = [y(t)/V 2] * (1 +1i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, the
entire process is ended, otherw se

- a q+1'" step in the same form as represented
for the qth step is perforned and the process is
repeated as |l ong as necessary until one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l owed optim zation steps has been reached,

or that

- the intersection points (&, of the sumof the
conpl ex transfer functions (f'[x(t1)] = [x(t1)/V¥ 2] * (-1
+ i) and g'[y(t1)] = [y(t)/V 2] * (1 +i)) of the paired
signal (x(ti), y(ti)), which can be represented on the
conplex or real nunber plane, is determned, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
3'd quadrant of the conplex or real nunber plane
wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the
conpl ex nunber plane, and the ordinate axis of the real
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nunber plane is identical wth the imginary axis of
t he conpl ex nunber plane, and then their nean val ue (

ky
1= (X &m) ke
h = 1)

is cal cul at ed;

- the intersection points (& of the sumof the
conpl ex transfer functions (f'[x(t2)] = [x(t2)/V 2] * (-1
+ i) and g'[y(t2)] = [y(t2)/V 2] * (1 +i)) of the paired
signal (x(t2), y(t2)), which can be represented on the
conpl ex or real nunber plane, are determ ned, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
3'd quadrant of the conplex or real nunber plane, and
then their nean val ue (

ko
2= (X &)l ke
h2 :1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(ki+ ko)
h]_:l h2:1)

are cal cul ated, and, insofar as the nean val ue (&)
cl osest to (&*), where v is equal to 1 or 2, then lies

within the interval [-c + &*, &%+ o], where o
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represents the fictitious standard deviation o > 0,

freely selectable by the user, by selecting the signals
(x(ty,) or y(ty) or transfer functions (f'[x(t,)] = [x(t,
)/N2] * (-1 +i) or g'[y(t,] = [y(t)/V2] * (1 +i)) or
suns of these transfer functions or specific properties
or paraneters of these signals or transfer functions or

suns to be matched with (&°,), the entire process is
ended, otherw se

- inaq" step, the intersection points (&) of
the sum of the conplex transfer functions (f'[x(tg)] =
[x(tq)/V2] * (-1 +i) and g'[y(tg)] = [y(ta)/V2] * (1 +
i)) of the paired signal (x(tg), Y(tg)), which can be
represented on the conplex or real nunber plane, are
determ ned, if necessary after appropriate conversion,
by neans of the half-plane defined by the vectors (1,
1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1)
and located in the 1% quadrant of the conplex or real
nunber plane, and then their nean val ue (

kq
E%9:= (X &) / kg
hg = 1)
as well as the nean value (&*)of all intersection
poi nts (&w, &2, ..., &na
ki ko Kq
E¥q:= (X &u + X Gut ...+ &y )/ (ki t+ ko +..Kg),

h]_:l h2:1 hq:].)
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are cal cul ated, and, insofar as the nean val ue (&°w)

closest to (&*), where w is equal to 1 or 2 or ... or

g, then lies within the interval [-oc + &%, &%+ o],

where ocrepresents the fictitious standard devi ation o >
0, freely selectable by the user, by selecting signals

(x(tw) or y(tw)) or transfer functions (f'[x(tw)] =

[X(tw)/V 2] * (-1 +i) or g'[y(tw)] =[y(tw)/N 2] * (1 +
i)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer

functions or suns to be matched with ((°w), the entire
process is ended, otherwi se in case of the sane nean
value of different signals (x(tg or y(tsg) or transfer
functions (f'[x(t9] = [x(t9/V 2] * (-1 +i) or g'[y(ty]
= [y(tg/N 2] * (1 +i)) or suns of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or sums, 1 < s £ g, those
signals (x(tg or y(tg) or transfer functions (f [x(t¢]
= [x(t9/N2] * (-1 +i) or gly(td] = [y(t9/N2] * (1
+ 1)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer
functions or suns are selected that so far appeared

wi th the highest frequency, otherw se, insofar as as
several signals (x(tg or y(tg) or transfer functions
(F'Ix(t9] = [x(t9/V2] * (-1 +1i) or gly(ty] =
[y(t9/V 2] * (1 +i)) or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns occur with the
sanme frequency, those signals (x(ts or y(tg) or
Transfer functions (f'[x(t9] = [x(t9/V 2] * (-1 +1i)

or g [y(tg] =1[y(t9/V2] * (1 +i)) or or sums of these
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transfer functions or specific properties or paraneters
of these signals or transfer functions or suns are

sel ected that exhibit the wi dest scattering, i.e. those
for which the difference d — ¢ is maxi rum where d
represents the last and ¢ the first index nunber of the
optim zation steps respectively undergone, otherw se if
this too applies to several signals (x(tg or y(ty) or
transfer functions (f'[x(t9] = [x(t9/N 2] * (-1 + i) or
gy(t9] = [y(t9/V 2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, the
first one that appears resp. its signals (x(ty or
y(tg) or transfer functions (f'[x(t9] = [x(tg/V 2] *
(-1 +i) or g'[y(t9] =[y(tg/N2] * (1 +i)) or sums of
t hese transfer functions or specific properties or
paraneters of these signals or transfer functions or
suns are selected, otherwse, if two nean val ues from
(&0, 8%, ...,8°%) are close to (&%), insofar as in a g-1'"
step one of the two nmean val ues resp. their associated
signals (x(t) or y(t)) or transfer functions (f'[x(t)] =
[x(t)/N2] * (-1 + i) or g'ly(t)] = [y(t)/V2] * (1 +
i)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer
functions or suns are selected, the very sane ones are
retai ned, and, insofar as the selected nean val ue then
lies wthin the interval [-oc + &%, &+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user, by selecting to be

mat ched with this nean value the signals (x(t) or y(t))
or transfer functions (f'[x(t)] = [x(t)/~N 2] * (-1 + i)
or g'[y(t)] = [y(t)/V 2] * (1 +1i)) or sums of these

transfer functions or specific properties or paraneters
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of these signals or transfer functions or suns, the
entire process is ended, otherw se

- a g+1'" step in the same formas represented
for the qth step is perforned and the process is
repeated as |l ong as necessary until one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l oned optim zation steps has been reached.

12. Method according to claim1, characterized by
the additional use of conpression nethods or data
reducti on nmethods or other selective eval uation
met hods.

13. Device with

- means for evaluating a conbination (f~(t)) or
several conbinations (f.°(t), f>"(t), ..., fp°(t)) of
two or nore signals (si(t), s2(t), ..., sn{t)) resp. of
their transfer functions (ti(sai(t)), ta(s20t)), ...,
te{sn{t))), which can be represented on the real resp.
conpl ex nunber plane, wherein (si(t)) represents the
function value of the first signal at the point in tine
t, (sz2(t)) represents the function value of the second
signal at the point intinme t, ..., (su«t)) represents
the function value of the ni" signal at the point in
time t,

or

- means for evaluating a freely definable
function (f*(t)) or freely definable functions (f.*(t),
fo*(t), ..., f,5(t)) of one signal (s”(t)) or of several
signals (si#(t), s2*(t), ..., si’(t)), which can be
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represented on the real resp. conplex nunber plane,
wherein (s:*(t)) represents the function value of the
first signal at the point intinme t, (s2%(t))
represents the function value of the second signal at
the point intimet, ..., (s.°(t)) represents the

th

function value of the Q

t,

signal at the point in tine

characterized by

- means for determning the invariants of one
function or of several functions of the conbination
(f°(t)) or of the conmbinations (fi°(t), f27(t), ...,
fo"(t)) for one or several signal sections (ti, to,

ty,
or

- means for determning the invariants of one
function or of several functions of the freely
definable function (f*(t)) or of the freely definable
functions (f.*(t), f.%(t), ..., f,%(t)) for one or

several signal sections (tq, to, ..., tJ).
14. Device according to claim13, with

- means for evaluating a conbination (f~(t)) or
several conbinations (f.°(t), f>"(t), ..., fp°(t)) of
two or nore signals (si(t), s2(t), ..., sn(t)) resp. of
their transfer functions (ti(sai(t)), ta(s2t)), ...,
te{sn{t))), which can be represented on the real resp.
conpl ex nunber pl ane,

or
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- means for evaluating a freely definable
function (f*(t)) or freely definable functions (f.*(t),
fo*(t), ..., f,5(t)) of one signal (s”(t)) or of several
signals (si#(t), s2*(t), ..., sJdf(t)), which can be
represented on the real resp. conplex nunber plane,

characterized in that

- means for determning the invariants of one
function or of several functions which, if necessary
after appropriate conversion, use the function by neans
of an equation in the formof (Avi® + Bvy? + CQva® +
2Fvovs + 2Gv3vy + 2Hviv, = 0), of the conbination (f°(t))

or of the conbinations (f.i°(t), f2°(t), ..., fp°(t)) for
one or several signal sections (ti, ta, ..., t,),
or

- means for determning the invariants of one
function or of several functions which, if necessary
after appropriate conversion, use the function by neans
of an equation in the formof (Avi® + Bv,? + CQva® +
2Fvyvs + 2Gv3vy + 2Hviv, = 0), of the freely definable
function (f*(t)) or of the freely definable functions
(f%(t), f2(t), ..., f,%(t)) for one or several signa

sections (tg, to, ..., to).

15. Device according to claim 13, characterized in
that the invariants, if necessary after appropriate
conversion, can be represented as |inear conbination of
invariants resp. of vectors on one plane which, if
necessary after appropriate conversion, is vertical to
the real or conpl ex nunber plane and crosses the
latter, if necessary after rotation or appropriate
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conversion, in the diagonals of the 1° and 3"
guadr ant s.

16. Device according to claim 13, characterized by
means which use the intersection points of these
invariants resp. vectors with the real or conpl ex

nunber pl ane, on which

- t he anal yzed conbi nation (f“(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t))

or

- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),

fAt), ..., £.1)),

i f necessary after appropriate conversion, can be
repr esent ed.

17. Device according to claim 13, characterized in
that said signals (si(t), s2(t), ..., sn(t) resp. s*t)
resp. s:*(t), s.*(t), ..., si*(t) (resp. x(t), y(t) resp
X# (t), y#(t))) are audio signals.

18. Device according to claim 13, characterized by
means for selecting, according to statistical and other
criteria, on the basis of the determ ned invariants or,
i f necessary after appropriate conversion, the
intersection points of these invariants resp. vectors

with the real or conpl ex nunber plane, on which

- t he anal yzed conbi nation (f“(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t))
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or

- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),

fAt), ..., £.1)),

is/are located, if necessary after appropriate
conversion, or also on the basis of a selection of

these invariants or intersection points.

19. Device according to claim 13, characterized by
means for normalization as regards the anplitude or
ot her properties of

- the anal yzed conbi nation (f “(t)) or the
anal yzed conbinations (f.°(t), f>"(t), ..., fp°(t)) or
the used two or nore signals (si(t), s2(t), ..., sn(t))
or the used transfer functions (ti(si(t)), ta(s2(t)),
., tus(t))), which can be represented on the real
resp. conpl ex nunber pl ane,

or

- the anal yzed, freely definable function (f*(t))
or the analyzed, freely definable functions (fi*(t),
fo*(t), ..., f,°(t)) or the used signal (s*(t)) or the
used signals (si*(t), s2*(t), ..., s(t)), which can be

represented on the real resp. conplex nunber plane.

20. Device according to claim 19, characterized by
means for normalization on the basis of the signal

| evel .
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21. Device according to claim 19, characterized by
means for normalization on the basis of nean-square

ener gy.

22. Device according to claim 13, characterized by

means for determ ning

- the intersection points (&, of the conbination
(f"(ty1)) or of the conmbinations (fi°(t1), f2°(ts), ...,
fp"(t1)) of two or nore signals (si(ti), sa2(ts), ...,
Se{ti1)) resp. of their transfer functions (ti(si(ti)),
ta(s2(ty)), ..., tusnt1))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.(t1), f2*(ts), ..., f,5(t1)) of the signa
(s*(t1)) or of the signals (s:*(t1), s2*(ti), ...,
so’(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by means of
t he hal f-plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 1%' quadrant of the conplex or real nunber

pl ane, wherein hereinafter the abscissa axis of the
real nunber plane is identical with the real axis of

t he conpl ex nunber plane, and the ordinate axis of the
real nunber plane is identical with the imaginary axis
of the conpl ex nunber plane, and then determning their

mean val ue (
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k1
E1:= (Y &u) ! ka;
h]_:l)

as well as for subsequently determ ning

- the intersection points (&, of the conbination
(f"(ty)) or of the conbinations (fi1°(t2), f27°(t2), ...,
fp"(t2)) of two or nore signals (si(t2), sa2(t2), ...,
S{(t2)) resp. of their transfer functions (ti(si(tz)),
ta(s2(ta)), ..., tusnt2))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t2), f2*(t2), ..., f,5(t2)) of the signa
(s*(t,)) or of the signals (s:i*(t2), s2*(tz), ...,
so’(t2)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by neans of
t he hal f-plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 1%' quadrant of the conplex or real nunber

pl ane, and then determ ning their nmean val ue (

ko
2= (X &)l ke
h2 :1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz
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k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)

as well as neans for determ ning whether the nean val ue
(&) closest to (&*), where v is equal to 1 or 2, then
lies within the interval [-0 + &%, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, as well
as, if this is the case, for selecting to be matched

wth (&%)

- t he conbination (f~(t,)) or conbinations

(f17(ty) or fo°(ty) or ... or f,°(t,)) or signals (si(ty)
or sy(t,) or ... or spt,)) or the transfer functions
(ta(si(ty)) or ta(s2(ty)) or ... or tosnty))), which can

be represented on the real resp. conpl ex nunber pl ane,
or

- the freely definable function (f*(t,)) or
freely definable functions (fi*(t,) or f,*(t,) or ... or
f . *(t,)) or signals (s*(t,)) or (si(t,) or sy*(t,) or
or s.f(t,)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel |l as means for ending the entire process if this is
the case, as well as for determ ning whether possibly
two nean val ues (&%,&%) have the sanme distance to (&%),
(&), and if this is the case, for selecting (&), as
wel |l as for determ ning whether the first nean val ue
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(&1) lies within the interval [-oc + &%, &%+ o], ], where
orepresents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, as well
as, if this is the case, for selecting to be matched

with (&%) (&%)

- the conbination (f “(ti)) or conbinations

(f17(tq) or fo°(ty) or ... or fp°(ty)) or signals (si(ti)
or sp(ti) or ... or sp(ti)) or the transfer functions
ti(si(ty)) or ta(s2(ty)) or ... or tossti))), which can

be represented on the real resp. conpl ex nunber pl ane,
or

- the freely definable function (f*(ty)) or
freely definable functions (fi*(t1) or f.*(t1) or ... or
f *(t1)) or signals (s*(t1)) or (si*(t1) or sy*(ty) or
or s.(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel |l as means for ending the entire process if this is
the case, as well as neans for determ ning

- the intersection points (&,)of the conbination
(f~(tgq)) or of the conbinations (f1°(tg), f27(tg), ...,
fpo"(tg)) of two or nore signals (si(tq), s2(tq), ...,
S{tg)) resp. of their transfer functions (ti(si(tq)),
to(sa(tg)), ..., t{Sn{tg))), which can be represented on
the real resp. conpl ex nunber plane,

or
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- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (fi*(tg), f2'(tg), ..., f,7(tg)) of the signa
(s*(tq)) or of the signals (si*(tq), s2*(tg), ...,
So’(tq)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by nmeans of
the hal f-plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 1%' quadrant of the conplex or real nunber

plane, this in a q'" step, and then determning their

mean val ue (

kq
E%:= (X &) / kg
hg =1)
as well as the nean value (&*) of all intersection
poi nts (&u, &2, ..., &nq
ki ko Kq
E¥q:= (X &u + X Gt ... +Y &y )/ ( kit ko +..Kkg
h]_:l h2:1 hq:].)

as well as neans for determ ning whether the nean val ue

(&°w)cl osest to (&%), where w is equal to 1 or 2 or
or g, then lies within the interval [-oc + &%, &%+ o],
where crepresents the fictitious standard deviation ¢ >

0, freely selectable by the user also by a neans, and
if this is the case, for selecting to be matched with

(&w)
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- t he conbination (f "(tw)) or conbinations

(f17°(tw) or f2°(tw) or ... or fy,°(tw)) or signals
(s1(tw) or sz(tw) or ... or sytw)) or transfer
functions (ti(si(tw)) or ta(s2(tw)) or ... or

t{S{tw))), which can be represented on the real resp.

conpl ex nunber pl ane,

or

- the freely definable function (f*(tw)) or
freely definable functions (f:*(tw) or f,*(tw) or ... or
f*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or

or sof(tw)), which can be represented on the rea

resp. conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel | as means for ending the entire process if this is
the case, as well as neans for determning if for the

sane nean val ue, vari ous

- conbi nations (f "(ts)) or conmbinations (fi7°(ts),
foo(ts), ..., fp°(ts)) or signals (si(ts), saots), ...,
Sr{ts)) or transfer functions (ti(si(ts)), ta(sa2ts)),

., tus(ts))), which can be represented on the real

resp. complex number plane, 1 £ s < g,
or

- freely definable functions (f#(ty) or freely

definabl e functions (f *(tvy, f2°(ty, ..., f.5(ty) or



10

15

20

25

30

112 °

signals (s*(ty) or signals (si*(ty, s*(tv, ...,
so*(t1)), which can be represented on the real resp.

complex number plane, 1 <1< q,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions exist,
and, if this is the case, for selecting those signals
or those transfer functions or those conbinations or
those functions or those properties or paraneters of

t hese signals or transfer functions or conbinations or
functions, that so far appeared with the hi ghest
frequency, as well as for determ ning whether several
signals or transfer functions or conbinations or
functions or the properties or paraneters of these
signals or transfer functions or conbinations or
functions occur with the same frequency, and if this is
the case for selecting those signals or those transfer
functions or those conbinations or those functions or

t hose properties or paraneters of these signals or
transfer functions or conbinations or functions that
exhibit the wi dest scattering, i.e. those for which the
difference d — ¢ is maxinum where d represents the
last and c the first index nunber of the optim zation
steps respectively undergone, as well as neans for
determ ning whether this too applies to several signals
or transfer functions or conbinations or functions or
the properties or paraneters of these signals or
transfer functions or conbinations or functions, and if
this is the case, for selecting the first one that
appears as well as for determ ning whether two nean

val ues from (&° &%, ...,&%) are close to (&*), and if this
is the case, for determning whether in a g-1'" step
one of the two nean values resp. their associ ated
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signals or transfer functions or conbinations or
functions or the properties or paraneters of these
signals or transfer functions or conbinations or
functions have been selected, and if this is the case,
for retaining those signals or transfer functions or
conbi nations or functions or the properties or
paraneters of these signals or transfer functions or
conbi nations or functions, as well as neans for
determ ni ng whet her the thus sel ected nean val ue then
lies wthin the interval [-oc + &%, &+ o ], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, and if
this is the case for selecting to be matched with this
mean val ue the signals or transfer functions or

conbi nations or functions or the properties or
paraneters of these signals or transfer functions or
conbi nations or functions, as well as neans for ending

the entire process if this is the case, as well as

means for performing a gq+1'" step in the same form as
represented for the q'" step and for continuing the
process and for determ ni ng whet her one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l oned optim zation steps has been reached, and thus
whet her the process should be ended, and if this is the
case, for ending the entire process;

or also neans for determ ning

- the intersection points (&) of the conbi nation
(f"(ty1)) or of the conmbinations (fi°(t1), f2°(ts), ...,
fp"(t1)) of two or nore signals (si(ti), s2(ts), ...,
Sr{ti1)) resp. of their transfer functions (ti(si(ti)),
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ta(s2(ty)), ..., tusnt1))), which can be represented on
the real resp. conpl ex nunber plane

or

- the intersection points (&, of the freely
definable function (f*(t1)) or of the freely definable
functions (f.*(t1), f2*(ts), ..., f,5(t1)) of the signa
(s*(t1)) or of the signals (s:*(t1), s2*(ti), ...,
so’(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by means of
t he hal f-plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 39 quadrant of the conplex or real nunber

pl ane, wherein hereinafter the abscissa axis of the
real nunber plane is identical with the real axis of

t he conpl ex nunber plane, and the ordinate axis of the
real nunber plane is identical with the imaginary axis
of the conpl ex nunber plane, and then determning their

mean val ue (

ky
1= (X &m) / ke
hy :1)

as well as neans for subsequently determ ning

- the intersection points (&, of the conbination
(f"(ty)) or of the conmbinations (fi1°(t2), f27°(t2), ...,
fp"(t2)) of two or nore signals (si(t2), sa2(t2), ...,
Sr{tz2)) resp. of their transfer functions (ti(si(tz2)),
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ta(s2(ta)), ..., tusnt2))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t2), f2*(t2), ..., f,5(t2)) of the signa
(s*(t,)) or of the signals (s:i*(t2), s2*(tz), ...,
so’(t2)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by means of
t he hal f-plane defined by the vectors (1, 1, -2) and
(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 39 quadrant of the conplex or real nunber

pl ane, and then determning their nmean val ue (

ko
2= (X &)l ke
h2:1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)

as well as neans for determ ning whether the nean val ue
(&) closest to (&%), where v is equal to 1 or 2, then
lies within the interval [-c + &%, &%+ o], where o

represents the fictitious standard deviation o > 0,



10

15

20

25

116 °

freely selectable by the user also by a neans, and if

this is the case, for selecting to be matched with (¢&°)

- the conbination (f “(ty,)) or conbinations

(f17(ty) or fo°(ty) or ... or fy,°(ty,)) or signals (si(ty)
or sy(t,) or ... or spt,)) or the transfer functions
(ta(sa(ty)) or ta(sa2(ty)) or ... or tosSn(ty))), wWhich can

be represented on the real resp. conpl ex nunber plane
or

- the freely definable function (f*(t,)) or
freely definable functions (fi*(t,) or f,*(t,) or ... or
f . *(t,)) or signals (s*(t,)) or (si(t,) or sy*(t,) or
or s.f(t,)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel | as means for ending the entire process if this is
the case, as well as for determ ning whether possibly
two nean val ues (&%,&%) have the sanme distance to (&%),
as well as for selecting (&%) if this is the case, as
wel | as determ ning whether the first nmean val ue (&%)
lies within the interval [-o0 + &%, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, and if

this is the case, for selecting to be matched with (&%)

- t he conbination (f~"(ti)) or conbinations
(f17(tq) or fo°(ty) or ... or fp°(ty)) or signals (si(ti)
or sp(ti) or ... or sp(ti)) or the transfer functions
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(ta(si(t1)) or to(sz(ty)) or ... or ty{sw{t1))), which can
be represented on the real resp. conpl ex nunber pl ane,

or

- the freely definable function (f*(ty)) or
freely definable functions (fi*(t1) or f.*(ty) or ... or
f *(t1)) or signals (s*(t1)) or (si*(t1) or sy*(ty) or
or s.(t1)), which can be represented on the real resp.
conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel | as means for ending the entire process if this is
the case, as well as neans for determ ning

- the intersection points (&,) of the conbination
(f~(tgq)) or of the conbinations (f1°(tg), f2°(tg), ...,
fpo"(tg)) of two or nore signals (si(tq), sa2(tq), ...,
S{tq)) resp. of their transfer functions (ti(si(tq)),
to(sa2(tg)), ..., ta{Sn{tg))), which can be represented on
the real resp. conpl ex nunber plane,

or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (fi*(tg), f2"(tg), ..., f,7(tg)) of the signa
(s*(tq)) or of the signals (si*(tq), s2*(tg), ...,
Sa’(tq)), which can be represented on the real resp.
conpl ex nunber pl ane,

if necessary after appropriate conversion, by means of
t he hal f-plane defined by the vectors (1, 1, -2) and
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(2, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and |l ocated
in the 39 quadrant of the conplex or real nunber
plane, this in ain a g'" step, and then determ ning

their nmean val ue (

kq
Ea= (X &n) / K
hy =1)
as well as the nean value (&*) of all intersection
poi nts (&u, &2, ..., &nq
K1 ko Kq
Eq= (X &m * X &Gt ... +) & )/( kit ko +..kg
h]_:l h2:1 hq:].)

as well as neans for determ ni ng whet her the nmean val ue
(&°w)cl osest to (&*), where w is equal to 1 or 2 or

or q, then lies within the interval [-oc + &%, &%+t o],
where crepresents the fictitious standard deviation ¢ >

0, freely selectable by the user also by a neans, and
if this is the case for selecting to be matched with

(&w)

- t he conbination (f "(tw)) or conbinations

(f17°(tw) or f2°(tw) or ... or fy,°(tw)) or signals
(s1(tw) or sz(tw) or ... or sytw)) or the transfer
functions (ti(si(tw)) or ta(sz(tw)) or ... or

t{S{tw))), which can be represented on the real resp.

conpl ex nunber pl ane,
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or

- the freely definable function (f*(tw)) or
freely definable functions (f*(tw) or f,*(tw) or ... or
f*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or

or sof(tw)), which can be represented on the rea

resp. conpl ex nunber pl ane,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions, as
wel | as means for ending the entire process if this is
the case, as well as neans for determ ni ng whether for

t he sane mean val ue of vari ous

- conbi nations (f "(ts)) or conmbinations (f17°(ts),

fo"(ts), ..., fp°(ts)) or signals (si(ts), saots), ...,
Sr{ts)) or the transfer functions (ti(si(ts)),
ta(s2(ts)), ..., tusnts))), which can be represented on

the real resp. complex number plane, 1 £ s £ q,
or

- freely definable functions (f*(ty)) or freely
definable functions (f. *(tvy, f2°(ty, ..., f.5(ty) or
signals (s*(tvy) or signals (si#*(ty, s*(tv, ...,
so*(t1)), which can be represented on the real resp.

complex number plane, 1 <1< q,

or the properties or paraneters of these signals or
transfer functions or conbinations or functions exist,
and, if this is the case, for selecting those signals
or those transfer functions or those conbinations or
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those functions or those properties or paraneters of

t hese signals or transfer functions or conbinations or
functions, that so far appeared with the hi ghest
frequency, as well as for determ ning whether several
signals or transfer functions or conbinations or
functions or the properties or paraneters of these
signals or transfer functions or conbinations or
functions occur with the same frequency, and if this is
the case for selecting those signals or those transfer
functions or those conbinations or those functions or

t hose properties or paraneters of these signals or
transfer functions or conbinations or functions that
exhibit the wi dest scattering, i.e. those for which the
difference d — ¢ is maxinum where d represents the
last and c the first index nunber of the optim zation
steps respectively undergone, as well as neans for
determ ning whether this too applies to several signals
or transfer functions or conbinations or functions or
the properties or paraneters of these signals or
transfer functions or conbinations or functions, and if
this is the case, for selecting the first one that
appears as well as for determ ning whether two nean

val ues from (&° &%, ...,E%) are close to (&%), and if this
is the case, for determning whether in a g-1'" step
one of the two nean val ues resp. their associ ated
signals or transfer functions or conbinations or
functions or the properties or paraneters of these
signals or transfer functions or conbinations or
functions have been selected, and if this is the case,
for retaining those signals or transfer functions or
conbi nations or functions or the properties or
paraneters of these signals or transfer functions or

conbi nati ons or functions, as well as neans for
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determ ni ng whether the thus sel ected nean val ue then
lies wthin the interval [-o + &%, &*+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, and if
this is the case for selecting to be matched with this
mean val ue the signals or transfer functions or

conbi nations or functions or the properties or
paraneters of these signals or transfer functions or
conbi nations or functions, as well as neans for ending

the entire process if this is the case, as well as

means for performing a gq+1'" step in the same form as
represented for the q'" step and for continuing the
process and for determ ning whether one nean val ue
fulfills the above requirenents or a maxi num nunber of
al l oned optim zation steps has been reached, and thus
whet her the process should be ended, and if this is the
case, for ending the entire process.

23. Device according to claim 13, characterized by

nmeans

- for determning the intersection points (&) of
the sum of the conplex transfer functions (f'[x(t1)] =
[x(t))/N2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1 +
i)) of the paired signal (x(ti), y(ti)), which can be
represented on the conplex or real nunber plane, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
1°' quadrant of the conplex or real number plane,
wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the
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conpl ex nunber plane, and the ordinate axis of the real
nunber plane is identical wth the imginary axis of
the conpl ex nunber plane, and then determ ning their

mean val ue (

k1
E1:= (Y &) ! ka;
h]_:l)

- for subsequently determning the intersection
poi nts (&) of the sum of the conplex transfer functions
(f'[x(t2)] = [x(t2)/V 2] * (-1 +i) and g'[y(t2)] =
[y(t2)/N 2] * (1 +i)) of the paired signal (x(t-),
y(t2)), which can be represented on the conplex or real
nunber plane, if necessary after appropriate
conversion, by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 1% quadrant of the
conpl ex or real nunber plane, and then determ ning

their nmean val ue (

ko
2= (X &)l ke
h2 :1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

E2=(X &m * X & )/(k+ ko)
h]_:l h2:1)
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as well as for determ ning whether the nean val ue (&%)
closest to (&*), where v is equal to 1 or 2, then lies
within the interval [-c + &*, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user, as well as for selecting
the signals (x(t,) or y(t,)) or transfer functions
(FIx(t)] = [x(t)/V2] * (-1 +1i) or gly(t.] =
[y(ty)/~N 2] * (1 +i)) or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns to be matched
with (&,), and, if this is the case, for ending the
entire process, as well as for determ ning whet her
possi bly two nmean val ues (&°4, &%) have the sane distance
to (&), and if this is the case, for selecting (&%)
and for determ ning whether (&%) lies within the
interval [-o + &%, &%+ o], where crepresents the
fictitious standard deviation ¢ > 0, freely sel ectable
by the user also by a neans, as well as for selecting
signals (x(t1) or y(ti)) or transfer functions (f'[x(ti)]
= [x(t) /2] * (-1 +i) or g'ly(ty)] = [y(t)/V2] * (1
+ 1)) or suns of these transfer functions or specific
properties of paraneters of these signals or transfer
functions or suns to be matched with (&%), and if this
is the case, for ending the entire process, as well as

- for determning the intersection points (&) of
the sum of the conplex transfer functions (f'[x(tg)] =
[x(tq)/V2] * (-1 +i) and g'[y(tg)] = [y(ta)/V2] * (1 +
i)) of the paired signal (x(tg), Y(tg)), which can be
represented on the conplex or real nunber plane, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
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1) or also (-1, -1, 2) and (1, 1, 1) and located in the
1°' quadrant of the conplex or real nunber plane, this
ina q" step, and then deternining their nean val ue (

kq
Ea= (X &) / K
hy =1)
as well as the nean value (&*) of all intersection
points (&w, &2, ..., &na
K1 ko Kq
q= (X &m * X &Gt ... +X & )/( kit ka +..kg,
h]_:l h2:1 hq:].)

and for determ ning whether the nean val ue (&°g)cl osest

to (&*), where w is equal to 1 or 2 or ... or g, then
lies wthin the interval [-o + &%, &*+ o], where o
represents the fictitious standard deviation o > 0,

freely selectable by the user also by a neans, and for

selecting signals (x(tw) or y(tw)) or transfer
functions (f'[x(tw)] = [X(tw)/N 2] * (-1 +i) or

9'ly(tw)] = [y(tw)/V 2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns to be
mat ched with (&w), and, if this is the case, for

ending the entire process, as well as for determ ning
whet her in case of the sanme nean val ue, different

signals (x(tg or y(tg) or transfer functions (f [x(t¢]
= [x(t9/V2] * (-1 +i) or gy(t9] =[y(t9/N2] * (1 +

i)) or suns of these transfer functions or specific
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properties or paraneters of these signals or transfer
functions or sums, 1 < s £ g, exist and, if this is the
case, for selecting those signals (x(ts or y(tg) or
transfer functions (f'[x(t9] = [x(t9/V2] * (-1 +i)

or g[y(t9] =1[y(t9/V2] * (1 +i)) or suns of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns that so
far appeared with the highest frequency, as well as for
determ ni ng whet her several signals (x(tg or y(tg) or
transfer functions (f'[x(t9] = [x(t9/V 2] * (-1 +1i)

or g'[y(t9] = [y(t9/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms occur
with the sane frequency, and if this is the case, for
sel ecting those signals (x(tgy or y(tg) or Transfer
functions (f'[x(t9] = [x(t9/V 2] * (-1 + i) or g [y(ty]
= [y(tg/V 2] * (1 +i)) or or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns that exhibit the
w dest scattering, i.e. those for which the difference
d —cis maximum where d represents the last and c the
first index nunber of the optimzation steps
respectively undergone, as well as for determ ning

whet her this too applies to several signals (x(tg or
y(t9) or transfer functions (f'[x(tg] = [x(tg/V 2] * (-
1 +i) or g'[y(t9] = [y(t9/V 2] * (1 +i)) or sums of
these transfer functions or specific properties or
paraneters of these signals or transfer functions or
suns, and if this is the case for selecting the first
one that appears resp. its signals (x(tgy or y(tg) or
transfer functions (f'[x(t9] = [x(t9/V 2] * (-1 +1i)

or g[y(t9] =1[y(t9/V2] * (1 +i)) or suns of these
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transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms, as well
as for determ ning whether two nmean val ues from (&°, &%,
..,&%) are close to (&*y), and if this is the case for
deterni ning whether in a g-1'" step one of the two mean
val ues resp. their associated signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/~¥2] * (-1 + i) or
g y(t)] = [y(t)/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms are
selected, and if this is the case, for retaining those
signals (x(t) or y(t)) or transfer functions (f'[x(t)] =
[x(t)/N2] * (-1 + i) or g'ly(t)] = [y(t)/V2] * (1 +
i)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer
functions or suns, as well as for determ ning whet her
the thus selected nean value then lies within the
interval [-oc + &%, &%+ o ], where o represents the
fictitious standard deviation ¢ > 0, freely sel ectable
by the user also by a neans, by selecting to be matched
with this nmean value the signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/N 2] * (-1 + i) or
g [y(t)] = [y(t)/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, and for

ending the entire process, as well as

- for performinga g+1'" step in the sane form as
represented for the qth step and for continuing the
process as well as for determ ning whet her one nean
value fulfills the above requirenents or a maxi mum

nunber of allowed optim zation steps has been reached
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and t hus whet her the process should be ended, and if
this is the case, for ending the entire process;

as well as neans

- for determning the intersection points (&) of
the sum of the conplex transfer functions (f'[x(t1)] =
[x(t))/N2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1 +
i)) of the paired signal (x(ti), y(ti)), which can be
represented on the conplex or real nunber plane, if
necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
3'd quadrant of the conplex or real nunber plane
wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the
conpl ex nunber plane, and the ordinate axis of the real
nunber plane is identical wth the imginary axis of
the conpl ex nunber plane, and then determ ning their

mean val ue (

k1
E1:= (Y &u) ! ka;
h]_:l)

- for subsequently determning the intersection
poi nts (&) of the sum of the conplex transfer functions
(f'[x(t2)] = [x(t2)/V 2] * (-1 +i) and g'[y(t2)] =
[y(t2)/V 2] * (1 +i)) of the paired signal (x(t-),
y(tz2)), which can be represented on the conplex or real
nunber plane, if necessary after appropriate
conversion, by neans of the half-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
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and (1, 1, 1) and located in the 3" quadrant of the
conpl ex or real nunber plane, and then determ ning

their nmean val ue (

ko
2= (2 &e) ke
h2:1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &nz

k1 k2

2=(X &m * X & )/( kit k2),
h]_:l h2:1)

as well as for determ ning whether the nean val ue (&%)
closest to (&*), where v is equal to 1 or 2, then lies
within the interval [-c + &*, &%+ o], where o
represents the fictitious standard deviation o > 0,
freely selectable by the user also by a neans, as well
as for selecting the signals (x(t,) or y(ty,)) or
transfer functions (f'[x(ty)] = [x(t,)/V 2] * (-1 + i) or
g y(tey] = [y(ty/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms to be
mat ched with (&,), and if this is the case, for ending
the entire process, as well as

- for determning the intersection points (&) of
the sum of the conplex transfer functions (f'[x(tg)] =
[x(tg)/V2] * (-1 +i) and g'[y(tq)] = [y(tg)/V2] * (1 +
i)) of the paired signal (x(tg), Y(tg)), which can be
represented on the conplex or real nunber plane, if
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necessary after appropriate conversion, by neans of the
hal f - pl ane defined by the vectors (1, 1, -2) and (1, 1,
1) or also (-1, -1, 2) and (1, 1, 1) and located in the
1°' quadrant of the conplex or real nunber plane, this
ina g" step, and then deternining their nean val ue (

kq
Ea= (X &) / K
hy =1)
as well as the nean value (&*)of all intersection
poi nts (&m, &2, ..., &na
K1 ko Kq
Eq= (X &m * X &Gt ... +X & )/( kit ko +..ky,
h]_:l h2:1 hq:].)

as well as for determ ning whether the nean val ue (&°w)

closest to (&*), where w is equal to 1 or 2 or ... or
g, then lies within the interval [-oc + &%, &%+ o],
where ocrepresents the fictitious standard devi ation o >

0, freely selectable by the user also by a neans, as

well as for selecting signals (x(tw) or y(tw)) or
transfer functions (f'[x(tw)] = [X(tw)/V 2] * (-1 + i)

or g[y(tw)] = [y(tw)/V2] * (1 +i)) or suns of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms to be
mat ched wth (&%), and if this is the case, for ending
the entire process, as well as for determning in case
of the same nean val ue whether different signals (x(ty

or y(tg) or transfer functions (f'[x(t9] = [x(tg/V 2] *
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(-1 +i) or gy(t9] =[y(t9g/N2] * (1 +1i)) or sums of
t hese transfer functions or specific properties or
paraneters of these signals or transfer functions or
sums, 1 £ s £ g, exist, and if this is the case, for
sel ecting those signals (x(tgy or y(tg) or transfer
functions (f'[x(t9] = [x(t9/V 2] * (-1 + i) or g [y(ty]
= [y(t9/V 2] * (1 +i)) or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns that so far
appeared with the highest frequency, as well as for
determ ni ng whet her several signals (x(tg or y(tg) or
transfer functions (f'[x(t9] = [x(t9/~N 2] * (-1 + i) or
g'ly(t9] = [y(t9/N 2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms occur
with the sane frequency, and if this is the case for

sel ecting those signals (x(tgy or y(tg) or transfer
functions (f'[x(t9] = [x(t9/V 2] * (-1 +i) or g'[y(ty]
= [y(t9/V 2] * (1 +i)) or or sums of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or suns that exhibit the
w dest scattering, i.e. those for which the difference
d —cis maximum where d represents the last and c the
first index nunmber of the optim zation steps
respectively undergone, as well as for determning if
this too applies to several signals (x(tgy or y(tg) or
transfer functions (f'[x(t9] = [x(t9/~N 2] * (-1 + i) or
g y(t9] = [y(t9/V2] * (1 +i)) or suns of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, and if
this is the case, for selecting the first one that

appears resp. its signals (x(tg or y(tg) or transfer
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functions (f'[x(t9] = [x(t9/V 2] * (-1 + i) or g [y(ty]
= [y(tg/N 2] * (1 +i)) or suns of these transfer
functions or specific properties or paraneters of these
signals or transfer functions or sunms, as well as for
determ ni ng whether two nean val ues from (&°, &, ..., &%)
are close to (&*), and if this is the case, for

deterni ning whether in a g-1'" step one of the two mean
val ues resp. their associated signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/~¥2] * (-1 +1i) or
g y(t)] = [y(t)/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or sunms are
selected, and if this is the case, for retaining those
signals (x(t) or y(t)) or transfer functions (f'[x(t)] =
[x(t)/N2] * (-1 + i) or g'ly(t)] = [y(t)/V2] * (1 +
i)) or suns of these transfer functions or specific
properties or paraneters of these signals or transfer
functions or suns, as well as for determ ning whether
the thus selected nean value then lies within the
interval [-oc + &%, &%+ o ], where o represents the
fictitious standard deviation ¢ > 0, freely sel ectable
by the user also by a neans, by selecting to be matched
with this nmean value the signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/~¥2] * (-1 +1i) or
g [y(t)] = [y(t)/V2] * (1 +i)) or sums of these
transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, and for
ending the entire process, as well as

- for performng a gq+1'" step in the same form as
represented for the qth step is perforned and for
continuing the process, as well as for determ ning
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whet her one nean value fulfills the above requirenents
or a maxi mrum nunber of allowed optim zation steps has
been reached and thus whet her the process shoul d be
ended, and if this is the case, for ending the entire
pr ocess.

24. Device according to claim 13, wth nmeans for
conpression or data reduction or other selective
eval uati on.



