1 DEVICE AND METHOD FOR EVALUATING AND OPTIMIZING SIGNALS ON THE BASIS OF
ALGEBRAIC INVARIANTS The invention relates to signals (for example audio signals) and
devices or methods for generating, 5 transmitting, processing, converting and reproducing them.

The present invention relates in particular to a method and a device or a systemallowing conclusions
to be drawnon the basis of any function or functions of 10 one or more signals or also of acombination
or combinations of two or more signals In the exemplary case of a stereophonic audio signal x(t), y(t),

where x(t) repre t Hﬁﬁ &i@f@g tlﬂg{r'a'klg '[B\Rnﬂogg tm]% N@ represents the
i at

15 function-value o r| ht input si the point in fime t ossible to observe for example the
sum of the transfer- fa)l] ) §( %;}’&%\ ﬂ\u—% in order to be
able to draw conclusions as to the properties of the signals. 25These conclusmns should be reachable
in particular on the basis of common properties of two different S|ginals that appear to be completely
random (such as for exarhpfe A0YiE¥idrRls) MethEss 58 & IR tdrhSledSWARIoPhparably 30
great difficultyatadsionudatgribissandachizbdionqescogle aat ods nfade igesefubfor thg signals being

analyzed sFor examalg i egassd QAR (Rigitat BHYIOrBIORGCasing e CissiaRyProcess is

simulated with %

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
10 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
15 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

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

20
gly(t)] = [y(t)/V2] * (1 +1i)
in order to be able to draw conclusions as to the
properties of the signals.

25 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
30 great difficulty —to simulate this random zati on
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



2 so-called Tapped Delay Line model or a Monte Carlo method (colored, complex Gaussian noise in
two dimensions) is also used for the simulation of the mobile radio channel. EP0825800 (Thomson
Brandt GmbH) proposes the formation of different Kinds of signals from a mono input signal by means
of filtering, said signals being used - for example by using a method proposed by Lauridsen based on
amplitude and time difference 10 corrections, depending on the recording situation - to generate virtual
single-band stereo signals separately, which are then subsequently combined to form two output

signals. W042$8%%%?e% ;ﬁé‘,ﬁgr]g&ezlé%ﬁé?ge%is%el S E&l%olggﬁtdeesegpﬁgor example a method

for methodically evaluating the ce for the sound event that is to be mapped, said angle

of incidence bERGAEIES B ﬁfg maRRLiE 6 RS r8PNER 8Rd tRe Hi¥Bctional axis for the sound
source, this being@0sachines)edi sy apsigingsede tdferéheae ssamdi batplitudeodortdations which are
functionally depspdeat on g ougigahgcording situation (which may be interpolated by using the
system). The contents of W0420094138205 resp. EP2124486 as well as of EP1850639 are hereby 25

incorporated by way of reference. US5173944 (Begault Durand) applies HRTFs (Head Related
Transfer-functions) whichEBO8&a0@ith Bopmreon240 and 276 dudre s apwRaR résectively to

thedifferently dejayed behuriforaily pedfied BPasnerhasiigingus sionamthe sigmals formed in turn
being finally superupp%sledn%ﬁ] the OH%IQ%| mgpc()jtjlng%qaé.r In this case, the amgiltsud e(:Iorr]rgectlon and the

time difference Egrrectlor% are chosen mg’epen ly of &hnegr‘ec%%ing Ss%tggtlon.

used — for exanple by using a nmethod proposed by
Lauri dsen based on anplitude and tinme difference

10 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

15 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

20 achieved by applying time 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

25 incorporated 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

30 nonophonic input 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



CHO01159/09 resp. PCT/EP2010/055876 proposes the downstream connection of one or more
panoramic potentiometers or equivalent means in g device according to W0/2009/138205 resp.
EP2124486 or EP1850639 after stereodecoding has taken place (after an MS matrix, for which the
relationL=(M + S) * 1/A/ 2 and R = (M - S) * 10applies, 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 interms of time resp. phase differences or different frequency spectra - do 15 not
result in the intended nargQwi the f iQn Wi ' i sRifti f the,fynction direction
of the obtained stereo sig%sj?%%/rat eL':QF% mt‘;\g%%’gg%ﬁ?@i@?g‘éﬂ I"]r %%??crtegged or

decreased. 200G EA 76709 &Y REEERD020/0BR 79 e 1B RRBBERThEchoice of those
parameters thpotoemt the rosises for geneqiingadtenresopheaicoripseaddester@ephonic signals. The user

is provided with-ReRRF FYY SPECiiNg 609 Aegmesnef ¢arEsiatianeshe dgfigitigp range, the 25 loudness

as well as further eters, of the resulting, signals according to psychoacoustic aspects, and hence
for preverﬁing%%ﬂ%%@& o@éfh%?, iPL&h Bgi%%ogb&gct Qite?tg%)g%@ hﬂciﬁafiﬂ L6faic invariants so
far, given the 30 1ddk dfedoriespoh@ingWaistd) hahie negkabé®mused for analyzing or optimizing sound

events or similar processes. 4 Although it has been generallypresumed for over 100 years since
David Hilbert's groundbreaking wo;k rfﬂﬂgg%ﬁip i_nL\/a\ri@ts that such algebraic invariants exist in

particular for Gaussian processes (arn in
and
R=(M- 9 * 1/ 2
10 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

15 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.

20 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

25 loudness as well as further paranmeters 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
30 lack of corresponding basis, have never been used for
anal yzing or optim zing sound events or simlar
processes.



5 particular for audio signals), it was never successfully proven. Disclosure of the invention Not only
does the present invention demonstrate such algebraic invariants, the latter are thus made 10
practically usable commercially for signal technology, for example for calibrating devices or methods
for obtaining, improving or optimizing stereophonic or pseudo-stereophonic audio signals. First, one
analyzesa combination f(t) or 15several combinations f1-(f), fz-(f),f(t) of at least two signals sl(t),
sz(t),s(t) resp. of their transfer-functions t_1(s1(t)), t2(s2(t)), tm(sm(t))- or also the freely definable

function f#(t) or the freerAg?fH@Lp quctiﬂg flgg)er{? )eggﬂg)i(p Ip@&ﬁi%?)alfs '(t) g{/é?veral signals
pro

S1#(t), 52#(t1), s&b-on the complex number plane resp. their projection on the relief defined by the
norm of all poihtE oM RR D HIBE AuRber Didid BRE Siahdaf @ HBRE WAL WK tRE origin of the
complex numizardgiEbplane andwahosndss oihaymsuetty ial ppeperdiculantatheasdnsplex number

plane). £ cealiain e IMRPIAR BHS GRILLR AISAISYENERUY Ohj gpne are henceforth
represenzti%d as a Carteﬂan c ordlnatgi)?/stem with ioordlnates x1,x2, x3). 30 The change in the

opening glep(ﬂ‘rtﬁé%H I%ryi 185 1 e%'qgﬁ P12 xR (I/B?A’(?rS

successfully proven.

Di scl osure of the invention

Not only does the present invention denonstrate
such al gebraic invariants, the latter are thus mde
10 practically usable comercially 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
15 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), ...,
20 f *(t) of one signal s*(t) or several signals s;"(t),
s *(t), ..., s(t) —on the conpl ex nunber 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
25 plane 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).
30 The change in the opening angle of the circle yields
t he cone equation

X1%2 + X22 — (1/gH)* x3 =0



resp. the coefficients [1 1 -1/(J*2]. Two cone equations are now analyzed:

=ax2:=1*x12+1*X22 -

(1/92) *X32=0and 5 :=:=1*x12 + 1 *x22 - (i/gf2)2 = 0. As known, one invariant is thus am,2

=1*12+1*12- (1/g2) (1/g") . Both cones S, 5™are non polarif (1/g2) *
inscribed harmonically in 5'. If, for example, one analyzes the above

(1/g") = 2. 10 S is then
combination f(t) or

severalcombinations f1-(t), fz-(f), f(t) of two or more signals sl(t), sz(t), 5m(t) resp. of their
transfer-functions t1(s1(t)), 15t2(s2(t)),tm(sm(t)) for two time intervals td, tz - or also the freely

definable functionf4(t) orII Heey f'@&QHfU@FEWE 1H€Lt) f?L(t) fgft/ ?
S

several signals si(*(X), sz#(t), s:2#(f) for two t|me intervals td, t2-as w:

one (t) or of
20 %ﬁg‘rﬁctlons S, S'and Z'

with x,ua, 2Afu§§lhﬂB'L@'23T fr‘ﬁ%?P‘QFau”ﬂ!é' ZR$U3 11 + 2HULu2 = 1 * 1112 X 1 *u22 X (L/0-f 2)+ 2 *

1 u2u3+2*1*u3tl+2*1*uli2 25=0.
S:zal:=1*x2+1* x?- (Ug) * x5

and

=0

5 S =a =1l*x2+1* x5 -(Ug? * x=0.

As known, one invariant is thus
aa’2
Both cones S, S are non polarif

(/g% * (Ug? =2

10 S is then inscribed harnonically in S .

=1 * 12+ 1 * 12 - (1/g®) * (1/g 9.

| 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)),
15 to(s2(t)), ..., tosnt)) for two tine intervals t,, t, -
or also the freely definable functionf#(t) or the
freely definable functions fi*(t), f.*(t), ., FA(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

20 thefunctions S, S’ and Y’ with

SToe= uavz = A U12 + B U22 + C uz2 + 2F usus

+ 2G uszu; + 2H uqus
1*u12+1*u22+(1/g”2)*u32+
Usuz + 2 * 1 * ugug + 2 * 1 * uquz
0.

*

25

2 * 1



6 The following is true aA' +bB' + cC' + 2fF' + 2gG' + 2hH' =0, and S and Z' should be non
polar: 1*1+1*1-(1/92) * (1/g"2) =0 5 or (1/g2) * (1/g"2) = 2. Thus, providedg'="=1and g =
1/A/2 applies, the non-polarity of S with S" and Z' is'ensured. 10Considering the standard cone s1 *
x12 + 1 * x221 * x320 thus simultaneously enables the analysis of identical vanishing invariants
relativeto SS=1*212y 1*2222 *2320 15resp. Z'=1*ul2+1*u22+1*u32+2*1*u2u3+2*
1*u3ul+2*1*ulu2=0.Therelation 20da,2:=1*12+1*12-2*12 =0 s thus linear in the

coefficients ofm%eggﬂi(yﬁﬁ ﬁg: }g 211r2u+e1 *222-2*232=0
aAl + bB + cC + 2fF + 29G + 2hH = 0,
and S and )’ should be non polar:

1*1+1*1-(1/g% * (1/g’'?% =0

(/g% * (1g'? =2
Thus, provided g’ = g’’ =1 and g = 1/V2
applies, the non-polarity of S with S’ and )’ 1is
ensur ed.
10 Consi dering the standard cone

S :1*X12+1*X22—1*X32:O

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

Szl*X12+1*X22-2*X32—0
15 resp.
Z':l*u12+1*U22+1*U32+2*1*U2U3
+ 2 * 1 * usup + 2 * 1 * uius
= 0.
The rel ati on
20 ap2:=1* 12+ 1* 12 -2 * 12 =0

is thus linear in the coefficients of the equations

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



andZ'=1*ul2+1*u22+1*u32+2*1*u2u3+2*1*u3u2+2*1*ull2=0. According
to Hilbert's famous theorem on invariants (Hilbert, page 291, 2), in our system, the linear combination
cpll,1,-2]*[1,1,-1]2+0]1, 1,-2] *[1, 1, 112 = 0'10in turn represents an invariant. Thus, for
example, any piercingstraight lines of ff-(t1) and fH(t2), considered on the plane defined by the vectors
(1,1, -2)and (1, 1, 1),41and 4, correspond to an infinite number of invariants of S and S' resp. of S
15and Z'. When considering the standard cone reflected on the complex number plane, the
change of ope, H‘&g angle of the cone yields the cone equation -x22 - x22 + (I/g) 20resp. the coefficients
[-1 -1 1/g*2]. Two cone equations are then considered: S ;= ax2 :=-1*x12 - 1 * x22 + (1/g2)0 and S’
==-1*x12 -1 * x22 + (1/g'2)

Z':l*u12+1*U22+1*U32+2*1*U2U3
+ 2 * 1 * usup + 2 * 1 * uius
= 0.

5 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

10 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

15 and Y’.

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

20 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

25 = 0.



B It is well known that one invariant is thus: aa,z ;= _1*(_1)2 _1*(_1)2(1/(y) * (1/g"). Both cones S,
S' are non polar if (1/g2) * (1/g") = 2. S is then inscriped harmonically in 5'. If, for example, one
analyzes the above combination f1(t) or severalconibinations f2-(t), fz-(t),f(t) or two or more signals
sl(t), sz(t), 105m(t) resp. of their transfer-functions t1(s2(t)), t2(s2(t)),tm(sm(t)) for two time intervals td,
tz - or also the freely definable function f4(t) or the freely definable functions f2*(t), f?(t),f1,#(t) of one
signal s#(t) or of several signals s2*(t), sz#(t), 15s(t) for two time intervals td, t2 - as well as the

functions S, S'B:{mq Z7 \(XM I)(’%%'&ngh*é?'%J’ Iqulaoa T%l.:tU%LLQ Tﬁ&'gBuZ + 2Hfulu2 =1 *ul2 + |

*u22 + (1/0-ff2)+ 2 *'1

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

Both cones S, S are non polar if
5 (1/g% * (1/g*hH = 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),
10 ..., sp(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),
15 ..., s5’(t) for two tine intervals ty, t, — as well as

the functions S, S’ and )’ with

SToe= uavz = A U12 + B U22 + C uz2 + 2F usus
+ 2G uszu; + 2H uius
=1 % u? 4+l rul (UG Fu? 2l

20 * uuz + 2 * 1 * ugup +2* 1* uue
= 0.
The followng is true
aAl + bB + cC + 2fF + 29G + 2hH = 0,
and S and )’ should be non polar:
25 -1 1-1*1+(1g®» *(1/g'?% =0

or



200203 + 2 *1 *u3ul + 2 *1 * uli2 = 0. The following is true aA' + bB'+ cC' + 2fF' + 29G' +
2hH' =0, and S and Z' should be non polar: 25-1 * Jg 1*1+(1/g2)*(1/g"™) =0 9 (1/g2) * (1/9"2) = 2.
Thus, provided g' =" =1 and g = 1/A/2 applies, the 'hon-polarity of S with S' and Z' is ensured.
Considering the standard cone srl * x121 * x22 + 1 * x320 thus simultaneously enables the
consideration of identical vanishing invariants relative to S S = -1 * x121 * x22 y 2 * x320 10resp. Z' =
*ul2+1*u22+1*u32+2*1*u2u3+2*1*u3ul +2*1*ulu2=0. The relation 15ad+2 := -1 *

(-1)2-1*(-1)22*12 = -J( a‘_/lg-za. *d -t-f/*gl 1:29 =2
Thus, provided g’ = g’’ =1 and g = 1/V2
applies, the non-polarity of S with S’ and )’ 1is
ensur ed.
5 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
10 resp.
=1 x* u12 + 1 * U22 + 1 * U32 + 2 * 1 * usus
+ 2 * 1 * usup + 2 * 1 * uius
= 0.

The rel ati on

15 ap’1=-1* (-1)%- 1* (-1)% + 2 * 1?
=-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

20 Yo= 1w’ A1l u® 1% us® + 2% 1% Us
+ 2 * 1 * usup + 2 * 1 * uiu



is thus linear in the coefficients of the equations S =-1 * 212 -1*222+2*232=0and 20Z' =1 * ul2
+1*u22+1*u32+2*1*u2u3+2*1*u3ul + i *1*ulu2=0. 10 According to Hilbert's
famous theorem on invariants (Hilbert, page 291, 9 in our system, the linear combination cp [ -1, -1,
21 *[-1,-1,112+5[ -1, -1, 2] *[1, 1, 112 = 0 in turn represents an invariant. Thus, for example, any
piercing straight lines of fm-(t1) and fH(t2), considered on the plane defined by the vectors (-1, -1, 2)
und (1, 1, 1), 1and 4, correspond to an 10 infinite number of invariants of S and S'resp. of Sand Z'.

All combinatory poss@ht&s f8|: q]% op“qu%rq agd Z(im%%gatg Pr‘?éﬁen are exhaustedin
Ry g sh

terms of the result in the same practical application o act In signal technology
allows for exahbe@fHeaaﬁéc"lysglE"olf Q‘irormblﬁét% #3br S%Q/era'l Eoﬁlﬁ\’neﬁ%ﬁ% &9(t) L&), f(t) of at
least two signalsris§@)r; s2@)ybmiftresm of their transfer-functions

, -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
10 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.

15 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

20 tai(sa(t)), ta(s2t)), ..., tulsnt)) —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

25 function of this conbination 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)

30 or the freely definablefunctions fi*(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



20t(sl(t)), t2(s2(t)),tm(sm(t)) -or also of the freely definable function f4(t) or the freely definable
functions f2#(t), f2(t),f[,#(t) of one signal s#(t) or qf several signals sH[(t), s2#(t),sH#(t) by
determining said invariants. Doing this enables the 55 function of this combination f(t) or of
thesecombinations f2-(t), f2-(t),f(t) of at least two signals sl(t), s2(t),s(t) resp. of their transfer-functions
t2(s2(t)), t2(s2(t)), tm(sm(t)) - or also the freely definable function f#(t) 30or the freely
definablefunctions f2#(t), f?(t), f[,#(t) of one signal s#(t) or of several signals s](#(t), 52#(t),s(2#(t) for

example ont m n r el [ IS, - y bles the piercing points
of these functrilg_r%irll @tge)épl)r@se tg%;rrgz)legvg}ﬁﬂ %]ﬁé%agﬁ% %ﬂn%ﬁ%ﬁg %%cht{(aﬁsg (4,1,-2)und (1,1, 1)
or (-1, -1, 2) aRl 81,61 N9 18 BeHranFed A5P RN %Bﬁst‘it[]tee/ AEsANRREG also in terms of their
statistical distréxaiopl preeise metehenqd poiatsier furdterianalyses, \protessing @r, odtimization. For

example, accos¢ling {9 Qli,llgg,/_og Fegh- QCI{ERZQIO@SW@ erql_sq ,_Cl—ig17t7(§/%resp._ 10
PCT/EP2010/055877, an optimization of pseudo-stereophonic audio signals can be carried out and
ubsequently FRADLESth ABRBI F0 o Bk AR RABhG A0 L o @/AP ] A1 = b and
g*[y(t)] = [y(t)/Aep)rs(10f i)t beeé fursiieaatbeséwcal di stribution 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.
10 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)/v 2] * (-1 + i) and
g [y(t)] =[y(t)/V2] * (1 + i), see further bel ow,
15 wth 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
20 according 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
25 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
30 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
35 being nade to the foll ow ng draw ngs:



15 with the plane defined by the vectors (1, 1, -2) and (1, 1, 1) or (-1, -1, 2) and (1, 1, 1) can be
determined. When these piercing points are weighted by using an appropriate method, see the
detailed description, it will result in parameterizations 20according CH1159/09 resp.
PCT/EP2010/055876 or also CH01776/09 resp. PCT/EP2010/055877, which prove particularly
advantageous for the audio signals being analyzed. According to one aspect, it is recommended 25
practice to use (inherently known) compression algorithms or data reduction methods or to analyze

characteristic features su,glhé\slt'&e m'gr}jlrg\ﬂ?ortrﬁ%ximarfgﬁ ith Sﬁilgpgﬁ J%t@r}geréfunctions or
d, fort

combinations or functionsbeing analyze e purpose of speeding 30 up the evaluation thereof in
accordance with the inveflIONMBRS U BRI bEtHe RITRES' - Variousembodimentsof the

present invention are described hereinafter by way of example, with reference 35 being made to the

following drawings: 12 Fg é@ﬂow%mg\@rcpﬁ@riggp@]ggg KBAWRRADRrANYE PotgpNtiometer.

FIG.2Ashows the attenuatign curﬁafor_ the left and I’g:lt ch?nnels of a panoramic 5potentiometer

without an extended ster 8fv\5idffl| nbb%md 6&@%’5 ﬁin% fuﬂct‘?&pgﬁ&gthlGSAshows a
firstembo8imentof a devip@oeof henEthet adcbiting taCHDMEDMreshePeT/BPP010/055876,

wherein the left channel K'ange and correspondi ng function angl es.

FIG 3A shows a firstenbodi nentof a device or

of a nmethod according to CH01159/09 resp.

PCT/ EP2010/ 055876, wherein the left channel L’
10 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.
15 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
20 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
25 pot enti onet ers.

FIG 7A 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

30 panoram c potentioneters shown in FIG 3A



10resp. right channel R' resulting from the stereo decoding are each fed to a panoramic
potentiometerfor collective buses L and R. FIG.4Ashows a secondembodimentof a device or

of a method according to CH01159/09 resp. 15PCT/EP2010/055876. FIG.5Ashows a third
embodiment of a device or of a method according to CH01159/09 resp. PCT/EP2010/055876.
FIG.6Ashows a fourth embodiment of a device 20or of a method according to CH01159/09 resp.
PCT/EP2010/055876 with a circuit that is equivalent to FIG. 3A having a slightly modified MS matrix,

which renders superfluo digect d ean c t'tcg“ﬁ!of i eptiometers.
FIG.7Ashows a circuit Wﬁc%sgg uiv%ﬁ%?\t’tgoaépa%ﬁﬁggsp. I(%ﬁ.)%%jﬁm (bd?:leéd%(téga?t erelationk =pis

, provi
true for the inversely proporfondratteiuaB8hER!drid H8f fﬁéeséﬁfﬁfraﬁﬁc bbenBYinRrs shown in
FIG. 3A. 13 FIG.8Ashows gmahbkahcezhtitduat Isdsedean BEE.od& for normalizing the level of the output
signals from the stereo decoder. FIG.9Ashows an example of a circuit which,

FI G 9A shows an exanple of a circuit which,

5 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*[y(t)] = [y(t)/N22] * (1 + i) on the conpl ex

nunber pl ane.

10 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
15 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)] =
20 [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
25 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
30 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



5as an enhancement to FIG. 8A, maps given signals x(t), y(t) as the sum of the transfer-functions
PIx(V)] = [x(t)/2] * (-1 + i) and g*[y(t)] = [y()42] * (1 + |) on the complex number plane. 10FIG.10A shows
the example of a circuit that, as an enhancement t(]J IG. 9A, stipulates the function width of a stereo
signal. FIG.11A shows an example of an input circuit for an already existing stereo signal L, R 15prior
to transfer to a circuit as shown in FIG. 12A (for determining the localization of the signal) which maps
L, i.e. 1(t), and R, i.e. r(t), as the sum of the transfer-functions f*[1(t)] = [L(t)4A/ 2] * (-1 + i) and g*[r(t)] =

20[r(H)4A/ 2] * (1 + i) on ti();le Eprp&ﬁxt ”‘{;{EBS? [alf';\H ) Ifl&ﬁ_:?éshpgls %ir%ﬁi{og determining the
o]

localization of the signal, whase inputs can be corinected to the outputs IG. 10A resp. to 25the
outputs of FIG. 11A. FIGAHINRNR! Ay eRAPBICHHEFLFof ANB $Adi€ RBrh& 6 normalizing the
level and for normalizing @te degree of correlation of the output signals from a stereo decoder (for
30example a stereo decoder according to EP2124486 or EP1850639), wherein the input signal M and

S can (before passing thigugg amplifier upstream [tﬁ&fhe M matrjxe optiong%}z b% fed to 14 a circuit
according to FIG. 7B, wh dh %tion%%o%n%@ Fodhstfedth GBI &, ¥ C
5 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
10 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

15 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 +

20 | nf{f"[x(t] + g'[y(t)]}< 1.

FI G 5aB shows an exanple of a circuit for a
fourth logic element 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

25 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

30 exi sting stereo signal prior to transfer to a
circuit as shown in FIG 6bB for determ ning
the localization of the signal.



FIG.2Bshows an example of a circuit which 5maps given signals x(t), y(t), by using the
transfer-functions f [x(t)] and g [y(t)], on the compl%number plane, resp. ascertains the argument of
the sum thereof f [x(t)] + g[y(1)]. FIG.3aB shows an example of a circuit for 10selecting the
definition range by using the parameter a. FIG.4aB shows an example of a circuit for a third logic
element which checks the signals, which are generated in FIG. 1B and which are 15mapped on the
complex number plane as shown in FIG. 2B, in terms of the admissible definition range, defined in a

new fashion according toFIIZI%g@B bg e paameter g; @C(fquingetpépﬁ]cRpﬁtgaip e2{fIx(t] + gly(t)11
P 0

* 1/a2 + 20Im2{fIx(t] + gly(t)11 1. FIG,5aB shows an example of a circuit for a fourth logic element

which finally analyzes the RARE b ffd RAcBEN 1R S @P@for OB Brdd2RWin&ifizing the
function-values 25thereot armereireitiet s etr Ives @ufr@el thoica of li@HRE|Ga B eginet by the inequality
(8aB) (resp. by the deviagg@ﬁllj{(gww qsfigedgyghe inequality (8aB)) for this maximization. FIG.6aB
shows an input circuit for an already 30existing stereo signal prior to transfer to a circuit as shown in

FIG. 6bB for determining the localization of the signal. 15 FIG6bBshows a circuit for determining the
5 FIG7B 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

10 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
15 maps given signals x(t), y(t) on the conpl ex
nunber plane by using the transfer-functions

f'Ix(t)] and g'[y(t)].

FIG 9B shows an exanple of a circuit for
adj usting the function width of an audio
20 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 =

25 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 =

30 Uz, X3 = uszlikewi se fromthe perspective of the
first quadrant of the correspondi ng conpl ex
nunber pl ane.



localization of the signal, whose inputs are connected to the outputs in FIGURE 5aBresp. the outputs
of FIG. 6aB. 5FIG.7Bshows a further example of a_circuit for normalizing stereophonic or
pseudo-stereophonic signals which, when connectl:- downstream to FIGURE 6bB, is activated as
soon as the parameter z is present as an input 10 signal. In this case, the initial value of the gain
factor k corresponds to the final value of the gain factor k in FIG. 1B when the parameter z is
transferred. FIG.8Bshows an example of a circuit which 15 maps given signals x(t), y(t) on the

complex number plane b¥P§ingCthe tg%qqsger-%enctii%%sc %ﬁ‘é%]%a%d aly(b)]. r'fileg]BSPgWS an example of a
circuit for adjusting the function width of an audio 20sighal. FIG.1CShows the non-polarity

constraint for the functiorld'8, §2AAES! FGIRUHHWRIR RNSHGTS 1S aHd 2 %er the Cartesian
coordinate system x| = Inyxz x25u2uxBrooBirbe therppspedtive affthe fiestfgoadtdnt of the

corresponding complex nymberHane FihaCebewe i ftcHgne emsl 8vd fufidhe Cartesian

coordinate system x| = In, xz = 30u2, x3 = u3likewise from the perspective of the first quadrant of the
corresponding complex mb&r plane.

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-

10 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 anedefi ned by the vectors (1, 1, -2) and (1,
1, 1) or also (-1, -1, 2) and (1, 1, 1).

15 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
20 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
25 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
30 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).



16 FIG.4Csows the functions S, S' and Z' for the Cartesian coordinate system x| = In, xz = u2, x3 =
u3from the perspective of the fourth quadrant of th']eI corresponding complex number 5plane.
FIG.5Cshows the convergence behavior of a weig 17|ng-function, which here optimizes the parameters
p, f (resp. n), a, Pfor example on the basis of the mean values of the inter- 10section points in the 1st
or also 3' quadrants of three pseudo-stereophonic signal sections mapped on the complex number
plane with the planedefined by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1).
15FIG.6Cshows an exan&ql&o{,@e CEH&JEAE@%QE%QA?@&?‘@ fQ)rf o%tireiiz(grtguﬁ)%eq%-%t reophonic signals
ect

on the basis of algebraic invariants, which can be directly connected downstream of FIG. 5aB, and
with which it then 20con<utk8 HAS bRafhid &8 irflhardBI8 ahitom Bis 4%, WPButputs of FIG.
6C within the entire circug gchemaearertg\peaiedthd im spch asvaynas #shey;Wwere those of FIG. 5aB.

The circuit of FIG. 6C hag fhe gffect 25thal {he ¢leqpty COPRRCIgd LPsEBRE thereto arenow passed
Pmized parameterization p, f, a, p on

through for various sections of audio signals. The result s an OF
the basis 0f the mean va}ﬁ%'s%ttﬁgﬂﬁe ctig’f’r points ifmth 107 RIH 3 guadrant of these signal

sections mapped on the BompRIx ahbenplahe iWigsel piand defigethbs tigadectors (1, 1, - 2) and (1,
1,1) oralso (-1, -1, 2) anghfBsdquent | y deternines the invariants of a

conbi nationf "(t) or of several conbinations
fi°(t), f27(t), ..., fp°(t) of these input
10 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.

15 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

20 diagonal 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; g =g’ =1 can be read directly.

FIG 2C shows the functions S (2001), S (2002)

25 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
30 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



17 FIG.7Cshows an example of a circuit which, on the basis of the determination of the mean square
energy of the input signalss2(X1), s2(t2),so(ti) and of the definable 5Sweightings G1, G2, ... G5,
performs a normalization of these input signals an& ubsequently determines the invariants of a
combinationf-(t) or of several combinations fz-(X),f(t) of these input 10signals. Detailed description
The algebraic principles of the present invention will first be explained with the aid of Figures 1C to 4C.
15FIG. 1C shows the non-polarity constraint for S and S' resp. S and Z'. Reference number 1001

lllustrates tha ‘s expressed by {-(0),1002 illystrates that f ' essed by f-(g").
The intersectittg)(n8 %Eiﬂogi of OOl%vsjithgtﬁé 1dia%bnéfl?df ttr(?(rj 1@‘ic|§gdsrtaﬂn;éd1§8§ ﬁmstrates the

coinciding of SaAG'SEAhE inteiseetish poirt 10D56FA091 HRFPO0L fluStrafed the sdtight non-polarity
constraint itselfog'at gti= 1 ¢drebe sead dioecttyh €@ 26 mhonisvbediindtoms1S' (2001), S' (2002) 25

O oo SRABLAR el 200 et By e TS Bl ) o uhin e
sought algebrajg invari . ,

quadrant%f th%@é%resﬁé&n@%@n%@ nﬁﬁﬁf) rtpﬁ\%ep 80552 hH&%OE%OP ow the planes
defined by the@aitesiaazooairgte g X t=eon, X2 =ul;x3*2u3. U2, X3 = Us.

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

10 algebraic invariants of S and S’ resp. of S and 3’ 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.

15 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.

20 Such decorrelated 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

25 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

30 followng exanples of application of the present
i nvention:

Sone pseudo- st ereophoni ¢ signals show i ncreased
“phasiness”, that is to say distinctly perceptible tine



18 vectors (1, 1, -2) and (1, 1, 1), on which the sought algebraic invariants of S and S' resp. of S and Z'
are located, likewise from the perspective of the Est quadrant of the corresponding complex number
plane. 5 2005, 2006 and 2007 show the planes de Red by the Cartesian coordinate system x| = ul, x2
= u2, x3 = u3. FIG. 4C shows the functions S (2001), S’ (2002) and Z' (2003) as well as the
plane 2004 defined by the vectors (1, 1, -2) and (1, 1, 1), on which the sought 10 algebraic invariants
of S and S'resp. of S and Z' are located, from the perspective of the 4th quadrant of the corresponding

complex numtbe gpfl%r?eer?é)gé §89§€gﬂ 26)6)[ plgnegpggﬂ%qlpyglst i tesian coordinate

system x| = ul, x enera know 3 e that audio sign are emitted via two

or more Ioudsﬂ@&’ié?g p?(f)wﬁé’ EH@'l&EhQﬂNﬁﬁra"?p%ﬁlapPﬁé}eggﬁﬂnﬁllo'?n(%ost‘i’lat they®how different
amplitudes, fréquenCies; kingdf respnphasddifietgr)cesrortare raveihe(ated epipratriately. 20Such

decorrelated sigfajs FaR fELIVIRABFRRI2EhRY Hiftesetly) Posionsbsundt Eapbiges systems, the

signals from which are Optﬁ)na”é post rocessed, or.can be erated by nheans so-called
pseudo-s reo?)'h%ﬂ téch 'dbe \ﬁﬂlc t ednet?le |scofsi§ 8no gﬁ%a SFo%‘u%%uch suitable
decorrelation. SHOL BN 0T rexps IPEST/EPR01.0/0558R 6 tios tigkCsfthe \peesent application, have not

been publishegdetlgreiaafign Higir grttapisivitl tleerefaretaeorepregisesl in full for a better
understanding of the 30 following examples of application of the present invention: 19 differences
between both channels. Frequently, the degree of correlation between both channels also is too low

(lack of compatibility) or tob High (iMtfestAbfl EdrRfer§dkteloPds BeHBno sound).
Pseudo-stereaptinniPgignalsO besaleo tstereophenit Isignais, abae thesiaidre shawidgilicmncies due to

lacking qrexcesRige defFyreigtiang PeMERN HeSmiNed Sinalfgl y st er eophoni ¢

(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.

15 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.

20 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
25 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
30 audio 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



It is thus an aim of CH01159/09 resp. PCT/EP2010/055876 to solve this problem and to align or 10
inversely to differentiate more strongly stereophonic (including pseudo-stereophonic) signals. It
is another aim to improve, generate, transmit, con é’rt and reproduce stereophonic and
pseudo-stereophonic audio signals. 15In CH01159/09 resp. PCT/EP2010/055876, these problems are
solved inter alia by means of the ostensibly not purposeful downstream connection of a panoramic
potentiometer in a device for pseudo-stereo conversion. 20Panoramic potentiometers (also called pan

pots or panoragpic onoIaLs) Are, KRAWR Per g\ A4 qfieryseadar intensity iereoplopic signals, i.e. for
usively t S

stereo signals which differ exc in terms of their levels but not in term time resp. phase

differences 25t& diffrett FrEGLERLy R, &R QlcultMRinefE bPEKRBWhSarfffaiitepotentiometer

is represented iaugyreakr THedevice 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 30 audio

channel). In the center p ité%n él\A),%oth busrﬁ&s? receive the same level; in the side positions to the left
nal'ts

(L) and to the right (R), t QR drly tHPIRHATUS B} (6 YhY ﬂgf\f)ﬁué, spectively. In the
intermediate plogftionshapaabramnid 2chsotentidvihetdtanoelcey ledelpdifioredzes corresponding to the

different positiggs @htheopRaripmisauieaOndhe dydsngalesbaseo wi dFHSr 2hgaows the
attenuation cug\ﬁedfpé él‘rl? ée% %i}]e}i&n%rapg r%ré?d{lgﬂt %rhagr'neesl pf r? nﬁ)%?rgg r,geoet(lfzntlo_meter without an
extended stereo width rang€, and cotresponding function angles. In the center position, the

attenuation in BEEh chaAnellif s @8 [tBBYRbLSHE ESh\RAGDIEIMRAES) plotiudingBhesBgne 10
perception of smuuklevel apwouldhe drihereerabyniyrantucianel ethedmer R position. _
Panoranig poi?ég'f?al}ﬁt_?rérﬁ%fahé%?ﬁd(olt%%P'Vé%e%‘aﬁ easaplerto distrigutg the It gha”“e' In a
different, selectable ratio to the resulting left 15 output resp. right output (these outputs are also called

buses) or, in tRESaMRANAF! 1o disthiB&te th8TrigRt BRZARAIGN a different, selectable ratio to the same

left output resp. right output (the same buses). Therefore, in the case of intensity stereophonic
Panoram c potentioneters are able as voltage

dividers for exanple to distribute the left channel in
a different, selectable ratio to the resulting left

15 output 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

20 signals, the function width 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
25 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
30 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



20 signals, the function width can be narrowed and the direction of such signals can be shifted.

In the case of pseudo-stereophonic signals, Which{nake use of time resp. phase differences, different
frequency spectra or reverberation (and also 25 in flie case of stereo signals of such kind in general),
such narrowing of the function width resp. shifting of the function direction are not possible by using a
panoramic potentiometer. The application of panoramic potentiometers to such signals is therefore 30
appropriately disregarded as a matter of principle. However, as represented in CH01159/09

resp. PCT/ EP%%%Q\?V?]%(}%W'QP&%B%% PP@%%G%‘%XBPF@QM a'i‘%F‘)@n Ay dB-Lxperigice to date that

the preV|oust un nstream connection of a panoramic 21 potentiometer downstream to a

circuit for psefdJ¥Rr&d eﬁn\%rgﬁhdé?ﬁdm?ﬁH@%&Qe@%}%‘Qﬁlﬁ%% AhSIHE R SHEnstream
connection cadoeiresuk antheoaivesrhe ot reahmatrowieguwftthe furidtien width or in 5 the shifting of

the function diggcliop R the §IREE0 SigNakp ?@d e degree: ¢ seriglatian ketwegn the left signal
and the r| ht si nalﬁﬁltéhowever e mcreg ecreased in this

or alsodj ay by using such a
anoramit potsHoREld A58 R briBR Uil et EEMSIAnTL poRREhEREDS connected
downstream résval/slyabtiaé RedouthOEane 8s g Wghtaanpel cfitherirbeit feebtainig a
pseudo-stereqpéippicssignall Inaiés eae, theyhtises ghlethdandramis/eetepiometers are 15

preferably used collggsvedy gnd rgfer?p% |dent|ggll¥ hi ISn this aganggmﬁ‘ nt, eacn panoramic
potentiometer 'nag an mput and WO Ou fhe mpuPOF & first pa p Amic po gntlometer is connected

to a 20 first ouURRRUT AR CirOGt, &M tﬁ@%ﬁﬁt of a second panoramic potentiometer is connected to a
second output of this circuit. The first output of the first panoramic potentiometer is connected to the

first outpyf of the second, ?pg} %‘?tPQHO'Qﬁ{:%fdlh%ﬁts seco gr%#t%og the first panoramic
t

potentiometer is connected to the second output of the secon panoramlc potentiometer.

Alternatively aRAtRIUNAERNE Father BRINESHE PaHOMRSE HRAERIRIRER, & h¥gle of 30
correlation can hisol led adjostepluty asidg taofirsheireuitfidn psauidpedtedo ddmding withta stereo
decoder and anmplifie]; GaNRECleddRaieaT PEtNEHRN decqdender amplifyingsan input signal of
the stereo decoggge th'tshbee'%% Sa(cegleg?d l\)Né hﬁut g%%?rgm %
; potentioneters are
15 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
20 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
25 second output 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

30 correlation can also 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

35 potentioneter. An equival ent adjustnent of the degree



35 potentiometer. An equivalent adjustment of the degree 22 of correlation can therefore be
implemented with even fewer components. A#tfrnatively and equivalently, rather than using a
panoramic potentiometer, the degree of correlatiorf'Can also be varied by using a second circuit, this
being achieved with a modified stereo decoder which contains an adder and a subtractor in order to
add respectively subtractinput signals (M, S), which are respectively amplified by predetermined 10
factors, in order to generate signals which are identical to the bus signals from the panoramic

potentiometer%.fAr& Sgp'%@ﬁqt j@&neph%frtgfa&egr%% o]‘ ((élﬁ(?ﬂ@ §anm§rﬁfcgg(_ﬂ§ implemented
with even fewer components. he invention can also be applied to devices or methods that
generate sign&I8WRficts AFPRIKBUSeed by more than two loudspeakers (for example surround sound

systems belonging to the prior art). Figures 3A to 5A show various embodiments of 20 the circuit

principle described abovey ip yyhigh ?‘\F@}"SPV%'HEP %Q}tgpq%rpg];ﬁq%},l angd 3L¢ 43a@nd 412, 511 and

512, respectively, is connected directly downstream to a pseudo onversiorl circuit 309, 409 resp. 509.

In each examﬂﬂ 'SR W&@P{h%nﬁsced&%tcetheP%ﬁ Clreuit Eg 3089466 & p. 509 comprises a circuit
having arbMS ¢@dtfiR|3a0i, an0 ¢esp. B190 abelearibed iroW0420094 83SEIBresp. EP2124486 as well
EIS in 55’1850@39mui téghﬁi @Wé@h'ﬁ@dﬁ@ﬁﬂm;élét%ﬁ]{i Qi“?T%@l?,fﬂélqa@(ﬂbéﬂ@oiléoini gizs%in

e used to incrgase or ecrea e ree of correlation of the resuyltin ses : :
and 7 305, 408 DR S BT 505, 04, S0 UBEY et B Ehannel R 303, 403,
503 resulting P6AQhe isterad YecBarRidreV 28 Ye$ HAEH &F hipaPBtarhicyitbatidiYktePXor collectively
used buses L anildh are Hdbpatiehualign Anfdrithé éft impupsigdat Igrafitine @ganoramic
potentiometer or 511 a9 theatenati r ight j signal R’ of the panoramic
potentio?ntgter%li%t, 461% 5:|L2']rfor a s?erggosi%_nal 30%{1 g?u%q 3%%%5092 @r?cﬁyél%SgEgZ and 503 resulting from
a device 309, 468 1568lis fimitB o RS ré?‘dg%nl‘fi'étﬁ/efeh%ﬁﬁg 8 NRE #Versely proportional

potenti oneters. An equival ent adjustnent of the degree
of correlation can therefore be inplenented with even
f ewer conponents.

15 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
20 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
25 309, 409 resp. 509 conprises a circuit having an M5
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
30 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



10 relations may be introduced (where 1 corresponds to the 15 value 0 dB and O
corresponds to the value 3 dB). k and pthert—i-,%%re correspond to the inversely proportional
attenuations of the panoramic potentiometers showh in FIG. 3A to FIG. 5A, limited to the range
between 0 and 3 dB. 20Therefore, the following 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 the panoramic potentiometer 311, 411, 511 and the 25output signals L™

315, 415, 515 316,41 f q%@p IC o] r . 1A)L=+=1/2*
Lf(1++1/2* ggﬁl %E)é@féA% Ig};dﬁrl]-?é?-? @8: 2 ,éTj'leo[?%f%'i’lEa}eRcz’%ﬁl é}% ! % Igure 6A shows
a further embdtiR@nPHRRS Lir@MkdRivalent to FIG. 3A having a slightly modified MS matrix, which

renders direct downstream 5 connection of panoramic potentiometers superfluous. Taking into account

the equivalences of the stgrepiflecoaingh(Me ineafrixingd L' tkM 1 &t H’ﬁﬁ@t ang %Bi =(M-S) * 14A/
2 L’ of the panoram c potentionmeter 311, 411 or 511 and
5 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
10 relations

1 >>0
and
1 >>0

may be introduced (where 1 corresponds to the
15 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.

20 Therefore, the following 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

25 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



the following relations are obtained: (1A)L = [M (2 + k - p) + S+ p)] * 142A/ 2 (2A) R =[M (2-k + p) - S+
p)] * 142A/ 2 This allows the signals on theﬁguses L and R to 15 be also derived directly from
the input signals M and S of the stereo decoding cftcuit. If Kk = p (same attenuation in the left
channel and in the right channel), the following relations are true: 20(3A)L = (M + k * S) * 14A/ 2 (4A)R
=(M-k*S)*14A/ 2 i.e. the variation in the amplitude of the signal S is equivalent to the
downstream connection of a respective panoramic potentiometer for identical 25 attenuation in the left
channel and in the right égﬁh%neh Ung_ehthese /ssumpt s, the quiput $ig d R correspond
to the bus signals L and This wil there re yield a CII‘CUI'[ or a me od showing for
example the form in FIG. 6A (trivial 5 modifications being possible), which forms a composite signal
from the M signal, amplifiedgay theGAcidds- a fuandene Srﬂj@mﬁtlnamtpliﬁed by ¢he factor (A, + p),

as well as a dlgppecrmetsg@ﬁj V\/,fgpléllﬁ cqrgpﬂecbfrogwhﬁa{\o, al, %mp Fﬁq y the factor (2 -+ p), 10
minus the S sé%gﬁma.mlﬂflg@ the factor (A WI'[ correction by the factor 1422 needing to be

performed ov Hrﬁ %@’na i ‘éﬂd F?Q Sﬁlﬁlewt Eoeﬁ"fe f%?rWU% rﬁ%’)ﬂand (2B). FIG. 7A

shows a dircui¢ efjoRatdn®fo PfGp@nor am ¢ potenti onet ers superfl uous.
Taking into account the equival ences of the stereo

decodi ng (M5 matri xi ng)

L’ (M+ S) * 1/ 2

and

10 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
15 be also 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:

20 (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 identical
25 attenuation in the left channel and in the right



15 resp. FIG. 6A, provided that the relationship A, = p is true for the inversely proportional attenuations
A, and p of the panoramic potentiometers shown in FIG. 3A. This circuit should not be confused with
the arrangement known from intensity stereophon? S 20 microphone technique) for altering the
recording or opening angle (which does not take place here!). In this case, it is assumed that
uniform attenuation for proposed panoramic potentiometers or modified MS matrix, as just illustrated,
is frequently 25 sufficient for aligning or differentiating stereo signals. When A, = p, the device just

illustrated is t |f|eqlJf(]’aéllje fg?g(io é%%&pﬁ\/? %}%ﬁlf[ls%e@l%@qjt ?:% {yﬁ] Qyding to: (3A)L = (M

+k*S)* 14A le amplltude
correction of tﬁ'é‘@ ﬁ&r(?f?}mﬁ@l O t8EcHHS a?h[ﬂfﬁ?&écérré&ﬂ)nﬁo'r 'Ehézéglgr% ‘has been

known to date only for the classical MS microphone technique and in the ideal range results in the

alteration of the recording-Qf 9pging afr}g‘lﬁ g} %,ti@tﬁagpdwg'c@, dogs notdake, plasehisge. A transfer

of the same operatin Ie IS not pos and an applic of the MS |crophone technique to
the present cn%% gé)afr ngﬁf(t%‘p &/I(SLEE% anIEI@ : rL|§S 56?1§I i ltP(ér@ ore 10 additionally

amplified by tHﬁJFélcferQt(EO)ﬁﬁrl@retbrfmaﬂs)%@tsblhg)throMththefl\ﬂPS Mhatéix PP esdUlting stereo signall
is equivalent tg ity BHS sianas B4 ANdi3PRdN Flanghi 4pé@ng¢qm@ Fflgcﬂafar(quQA and 505 in

FIG. 5A for uniform attenuation and 15 als the p signal L R nFG 6 prowded that A, =
! ‘;)1 r%' P |gRaP a% Uft egdabyat e PAC A
p is true in that cas8

p), as well as a difference signal which is conpiled
fromthe Msignal, anplified by the factor (2 - A + p),

10 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
equi valent to the fornulae (1A) and (2B).

FIG 7A shows a circuit equivalent to FIG 3A
15 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
20 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
25 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

30 (4A) R=(M- A * S * 1/ 2

which is equivalent to a sinple anplitude
correction of the S signal (717).



In practice, this circuit resp. method can be used to exactly stipulate the degree of correlation, i.e.
there is a direct functional relationship between 20 the attenuation A, and the degree of correlation r,
for which ideally 0,2 <r < 0,7 is true. For 2, a serie§6of experiments has found 250,070,46 to be
favorable for most applications. In particular, artifacts (such as disturbing time differences,
phase shifts, or the like) can be eliminated without difficulty by using this device or 30 method, whether
manually or automatically (algorithmically). 27 On the basis of the equivalence of downstream

panoramic potentiometers, Wi if tenuatio pli orrgctio 1 signal by the
factor k (1 kO) prior to fine%%@r%gtrﬁm)?‘i? ig%%erg?gr%(%eg})sgs%?g?% aEceﬁ:iéevg %‘n@?ﬁ%ng

pseudo-steredpion§ SR B hel ChFEbEHR VB AGIAA MRS sfhdb Hradts thBlistener a
comprehensive] albefilextrentede bimpleep@sicproceddieg odeat, whalegiendasentalyi maintaining the
compatibility angavoiqipg gistyiping agtifacts cHQALhiS ,qﬁvigp C@ﬁé?ﬁ ngddfp@eé(ample in telephony, in
the field of professional post-pracessing of audjo sigpals gr else jn the area of hi I-t-%uality electronic
consumeF’gootd f"fheczi of \;())hi'cﬁ S ggﬁém@ﬂ} siﬁ‘%ﬁ?b[ﬁ é‘fﬁgielﬁ?hgnd%gt. rl%Eq% 5rrowing or
expanding thedlinttieh &&e: oper &or nigis RIpplicature the additiopalsssedbicpric it édmpression
algorithms or dayg|redegtiasnmethadseornbe mnehsiheheharaeierpimiteatyreshsuch as the minima or

maxima for the PReUde” ¢ircuit is accordingly not obvious).

In FIG 7A, the S signal is therefore
10 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
15 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
20 the attenuation A and the degree of correlation r, for
whi ch ideally

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

25 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

30 nethod, whether manually or automatically
(algorithmcally).



20 stereophonic signals obtainedis recommended in order to speed up evaluation thereof in
accordance with the invention. Of particular intereszzg(for example for reproducing stereophonic signals
in automobiles) is the 25 subsequent narrowing or‘€xpanding 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 k or else p (for forming the resulting stereo signal). The 30 previously determined
parameters f (resp. n) which describe the directional pattern of the signal that is to be rendered

stereophonic, the angle R)‘Fotq?eaﬁf%ﬁa?eéjf mapya agr%ﬁt@@ép%\f - ata%gc-{:q nge main axis and

the sound source, the fictitious left opening angle ictitious right opening angle p can be

retained in thif 88 3Gt RRKEE SeATE 1Rithol bRy AL dMRIthEE vk efbr*R%ecessary, for
example as partpeildgideleaoentel2d orFIG. 84 & Bosidgdahabthis harréwirigor exgahding of the

function width §s pegfopmed manually. ¢, I this i510 beaytgmated, serieg of psychoacoustic

experimelgts show that a const?ae%function width for stereophonic output signals x(t), 10 y(t) resp.
complex fansR97ahBldhe RSOl EX LG RE)RS2PEH10) AT SO /A 21° (1 + b i
essentially depéndant odrthe kegitdrios @200 S*he et Rierfaix(tongly&dipnsd 5*geant snd also on the
criterion the |listener a conprehensive, albeit extrenely sinple,

post - processi ng option, while fundanental |y mai ntai ni ng
the conpatibility and avoiding disturbing artifacts.

10 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.

15 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-
20 stereophonic signals obtainedis recommended 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
25 subsequent narrow ng or expanding of the function w 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
30 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



(8A) 0 S11*- tfix(t)] + gly(t)] dtTR+ -T 20(where S* and E or, respectively, U* and K need to be
stipulated differently for telephone signals, for example, than for music recordings). Accordingly, it is
now necessary to determine only suitable function=values x(t), y(t) which are dependent on the degree
of 25 correlation r of the resulting stereo signal respectively on the attenuations k or else p (for the
formation of the resulting stereo signal) resp.on a logic element 120 in FIG. 8A, in accordance with an
29 iterative operating principle which is based on feedback. The represented arrangement can

accordingly b d ollows withip the apr m r.exa in the form
shown in FIGT’:‘OSBAI\é @m:ai@oﬁt%t%i‘g;; iﬁgsuﬁtiljr%e F;E)meog]% aErgﬁggm(zﬁtHaﬁs fﬁo%ﬁ J_T?IG. Ato 7Ais
in this case arfpffRY BSirdrRlRbY @%abor hhla SRR 188014 inBkE S SEAPSLdREE the
maximum of botwsignblg tead a telel afpxadtiydzdB ¢noecalization ©nrbeasstasinc)e dbbthe complex

number planek)ggynwpg of exarapls, ﬁi@sﬂ%ap@ew%ﬁgﬁl@e fdoynsieamonggction of a logic element
120 which varies or.correct R% in factor P* 15 of the amplifiers. 118 ar?d 119 via the feedback loops
121 and £22 JHEPHIIRDHIHh 10U Sor WiE QRGN RE SFPRPAI A ctidffiel s 0 dB.  In a

further step, teurRsuItioE SMycHIB x(tF (17E3)faaron|ed (1TRA)atd Now fed to a matrix in which, 20 following
respective amplification by the factor 1/A/2 (amplifiers 229, 230 in FIG. 9), they are split into a
respective |dent|ca! _real qd npf';lt%ln?ré/ part, Rv:/éthatuhteor%l g%r,t fosr(rer}eldefsrorgfthe signal x(t), amplified by
means of 229, additionally passing through the

psychoacousti c experinents show that a constant

function wdth for stereophonic output signals x(t),

10 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) ]
15 < S+ <1
and also on the criterion

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

20 (where S* and ¢ or, respectively, U and k 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

25 correlation r of the resulting stereo signa
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



25 amplifier 231 with the gain factor -1. This therefore yields the transfer-functions (5A)f*[x(t)] = [x(t) /
A/2] * (-1 + and (6A)g* [y(t)] = [y(t) / Ai2] * (1 +. 30 %gaginary part of the sum of the transfer-functions f*
[xX(1)] + g* [y(t)]. An arrangement, for example based on the logic element 640 in FIG. 10A, now needs
to be connected 5 downstream, which arrangement checks, for a limit value 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 E - both defined by the inequality (7A) - whether the condition 10(7A)0 S*-max Re

W[x(1)] + eg(t)lI Jffort ‘?t ftlﬂ g PPPHH] resevﬁl fgﬁdpgclﬁlgggéﬂ IS used to determine a

new opt|m|ze gree 0 elation or the attenuations k or else p 15(for the
formation of tﬁeet% ﬁiﬁb ‘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 element

640 are 20 now transferrgg o PE G EGSmeNt ﬁqrgﬁ g]%pag%ogél&%}qglqlg ene 642 in FIG.
10A. Such arrangement flnally qu yzes theér?uef of the function f [x(§)] + g[y(t)]for the purpose of

optimizing the§l? &Rﬁ]e Iaés rh&r'th r{?cnfoh%v.aﬁﬁéﬁﬁb stéref®s signal that is to be
achieved Sthe aseigiageile foosuiepanpélect thetlingit ausshewell &s HeGleBAidroK, both
defined by thejipaguality (8A), with respect to the function width of the stereo signal that is to be
achieved. Overall, the condition 30(8A) 0 )L1*-fIx(t)] + gly(t)] dtU*+ K

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

10 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
15 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,

20 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 fornmed fromthe signal x(t), anplified by
means of 229, additionally passing through the

25 amplifier 231 with the gain factor -1. This therefore
yields the transfer-functions

(5A) " [x(t)] = [x(t) / ~N2]* (-1 + i)

and

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

30 The respective real and imaginary parts are now
summed and therefore produce the real part resp. the



31 degree of correlation r resp. for the attenuations k or else p (for the formation of the resulting stereo
signal), and the previous steps just described, as ig#)strated in FIG. 8A to 10A, are performed until the
relief of the function fIx(t)] + g*[y(t)]satisfies the desired optimization of the function-values with respect
to the function width taking into account the limit value U* and the deviation K, both suitably chosen by
the user. 10In terms of the function width - determined by the degree of correlation r resp. the
attenuations k or else p (for the formation of the resulting stereo signal) - the signals x(t) (123) and y(t)

(124) thereforci'e 8 f:nﬁe‘;&r?tr\lvﬂil }k?gh\hﬁ %H?C{fi‘fé‘tigﬂjgp}ﬂﬁh? Haek }%q%fl é?PﬁeﬁﬁEE ﬁhgn tput signals L- and

R -from the arran as just been described. e present considerations remain
valid as an en{iﬁ vén'if & difvdrbM reference system than the unit circle of the imaginary plane is
chosen. By way of 20 example, instead of normalizing function-values, it is also possible to normalize

the axis length in order twdé{cpéhﬁgﬁmqutingaw%ﬁgﬁgpgw%@tpu@iw thgélp@ction direction
Occasionally, it is also important to_micror 25 the stereOé)ganic fun@tion obtained about the main axis of
t ec}ng% [

the directionaleda%é‘?ﬁton chthds ni@BW)c% @ i Ba Sd,cé?H@ee,%F stance, mirror
inverted fanctidawnsélagemo i MAireaxigogenrn Thishegkise athievad Indndallydyusvapping the
left 30 channekandghierright ghamnelct ed Bfan Aleady exiafing srasspaianal b, Rrig to be mapped by
the present syfstuer%,ttlhgnco\;\ﬁe&{ Lunggiop[giregﬁi%r} 8an gllson%? att,%%lrttaip%d t%Z %létomatically by means
of the phantom Sources generated using the illustrate eudo-stereophonic methodology, as is
shown by wayasHtx@vssle in £IG a1 34 (WRiehYs SRbES) &shriRYeAHbRAsEeanPRIth FIG. 10A,
whereas defined by the inequality (7A) - whether the condition

10 (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

15 (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

20 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

25 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

30 (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



5 FIG. 11Amay likewise be added to FIG. 12A for determining the sum of the complex
transfer-functions f*(1(ti)) + g*(r(ti)) for the already existing stereo signal L, R; cf. the explanations
relating to FIG. 9A). In this case, at suitably chose ]times ti (for 10 which not all of the subsequently
cited correlating function-values of the transfer-functions f (x(ti)) + g (y(ti) resp. f (1(ti)) + g (r(ti)) may be
equal to zero for at least one case), the already ascertained transfer-functionf*(x(ti)) + g*(y(tl)) as
shown in FIG. 159A is compared with the transfer-functionf*(1(ti)) + g (r(ti)) of the left signal 1(t) resp.

fight signal 1O MeETBinal Srep Sgah L R, ddhes? BATeiGE TIERRIRDURIN ingypame quadran

or in the diagonally opposite quadrant o complex number ane, the total number m of

function-value§!fithn Rald PAndBRfIMEBRS WiicrPhrd IBBafetSH!the Bemet &l&fant or in the
diagonally opmisgeajuadrartcf tie complaxomsmbéeplang us tincdessad Ined ,in @ach case. An

themumber of car e e o (e aor Rt S g o) T L) g
(r(ti)) unegual E(?E-él%, néJ{/v §tﬁ5%|lgt8§%é ﬂﬂmqoétfzajcgss% E{a)té%éﬁééﬁ)é%th}shﬁumber the 30 left
channel x(t) atl¢ #eg gghtaianmel at) oithefstéree dighdt résuitivg | foeexavmple, from an arrangement
as shown_ in FlasffciOA are BWappeet i on Wi an grigig@lly,gtqr@@pjwmgigﬁal_ iﬁﬁg_ b_e encoded into
amono S|gnallqltﬁ§ {hevf%nﬁ%orbf 3a5 %es[ciqgln@et\pie C{IEG&HOQ?U [ﬁ)(%t{q{né[ﬁstpame simplifying parameter
n of said function) and likewise 33 plus the parame%ers y, a,p, kor p (for exam%le for the purpose of

data compres$iBRE@Or &Y ekBMpWE§loutput 640a which may be enhanced by the parameter z, see
below), it makes sense to jointly encode the information regarding whether the resulting left channel

and the ggsulting right Chﬁﬂ:‘?'é}‘?ﬁg @fbe[ ﬁ\é(apﬁ%q:{fr)Bﬁx%mm%e@raﬁeé} nyﬂ”é%pﬁggmeter z, which
takes the value 0 or 1). With slight modifications, similar circuits to .
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
15 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

20 exanple, 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
25 the stereophonic function obtained about the nmain 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 |y by swapping the |eft
30 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



10 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_[A or else can be used at another location within
the electrical circuit or algorithm. 15For obtaining stable FM stereo signals by using CH01159/09 resp.
PCT/EP2010/055876 by way of example for the evaluation of an existing stereo signal which can be
reproduced by two or more loudspeakers: CH01159/09 resp. PCT/EP2010/055876 is also of 20
particular importance in connection with obtaining stable FM stereo signals under bad reception

diti (f i iles). Jpdhi it ] ' ' I h b
Simply uang U ChAh R E4 5y S o e MO SO e AR e and

right channel &f%h89rigit sterds SigHas dris esApretd BF ﬁ%hfﬁ?ét% JRLOUIRPENnal (L - R),
which is the ressiltic$ sshtactingytheayghafcharaeipir@nithe Ffchdridel pthecorigieal stereo signal,

can also be usgc igdhis, 30 eavlt dden i R usealle > Boaa AR crpElogiRtermine or
optimize the p eters f (resp. n), which descri e directiopa ern of the signal that is to be
rendered %tere%gﬁ;)n' IIPdsl%ﬁ}Q"a%ﬁlg)ﬁ tl?éi)(%ao b8 a'%L tairfg nEz?r[iually or by metrology and is
35 enclosed bgehe huainiaRg dritetreugoweld sdieceanpl 8 fittitwnsseft-dpeniHy @mgle a, the fictitious
righthpen;]ng tngle(ﬁ,)ljw(a_@t@‘rwe(tiq?g k pbelslgmfomtla%%t)jp;aéipngfittg@ rg&@ﬁir&ﬁtereﬂ signall or,
resulting therefrom, the gain factor p* for parmalizing the chanpel and the right channel, resulting
from the MS rr?étﬂgi%g (*'or’e_xﬁgfnplgq d'eteEran%ln(-:(‘e ) Pﬁ g%sé}li agrqgsrﬁgrl? % &hneglc')}gﬂ: gﬂeéent 120 as shown
in FIG. 8A) or #0m ahBthePhfrafgeMentbn e LaR W cleNfPeils Ease? corrddp@hds to the maximum
level of Q@B witicle hasdeeall0 ndrmaiiged bydsing:pt Whers x@ds doe feft agtpagsignal resulting

rom this normgizatan,gnd 4ok euf el rasyling o this pomzgjor) o he

degree of correlgtion r of the resu tmi stereo signal or the parameter a, for example 15 defined by the
t

inequality (9a4) b¥ldW Yor' &itind thd GlimidsiBlerdide of ValliBY &8 MRl of heZPirRfer-functions
of the resulting outpat slgeatd (fonexaragle)said bemplere@alysfasfieictians €5A) C[x(t)] = [x(t)/A/ 2] *

(-1 +20 and (§ALgdy@H =IuA¥e 8ht (2 t(h 1)) + g'(y(t1)) as shown in FIG

15 9A is conpared 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

20 plane, the total nunmber 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)

25 specifiable 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

30 left 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
35 describing the directional pattern (resp. the
sinplifying paraneter n of said function) and |ikew se



where, for Oal for example the following is true: (9aA)Re2{C[x(t1 +(t)I} * 1/a2 + Im2{flx (t] + (t)]}1) 25 or
the limit value R*, defined by the inequality (11aA) below, or the deviation A, likewise defined by the
inequality (11aA) below for stipulating or maximizi g?’the absolute value of the function-values of the
sum of these transfer-functions (where, for this stipulation 30 or maximization and for the time interval
[-T, T] resp. the total number of possible output signals xj(t), yj(t), the following for example is true: 35
(11aA) OR* -fr[x (t)] + gly(t)P dt Smaxf IfIxj(t)pf*[xi(t)], grlyj(t)11 Ea) -T (t)dt R+ 10a*11/A/11-(1-

a2) * sin2 arg{G1x(t). gly kl%%tq the limit value S* defi b h jation E defined
above (for Wh{i[gﬁug(y Sv%é/ (ﬁ)%axamp g,r%rm st be 1 trﬁe%g a@( r}/’%ogs%\;rf]azﬁij Ii?eg '%?(/Izt)] + gly(t)il S8+1)
or the limit vall8 @R vetiiiRe CRURLIBAK 88%ndd Qho R (EXFRRNBY way of example, it
must be 20 truzuthpt (80T WiRibe (X)ireyg Y@ dtifienced by t he paraneter z,

see below), it makes sense to jointly encode the

5 information regarding 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
10 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

15 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

20 particular inmportance in connection wth 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,

25 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

30 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

35 enclosed by the main axis and the sound source, the



-T all for determining the function width of the stereo 25 signal to be achieved, or the function direction
of the reproduced sound sources in accordance wié the arrangement described above. In any case,
the result is 36 stereophonic function which is constant in respect of the FM signal. In particular, the
use of compression algorithms or data reduction methods which belong to 5 the prior art resp. the
analysis of characteristic features, such as the minima or maxima, is also recommended in this case in
order to speed up the evaluation of stereophonic or pseudo-stereophonic signals according to the

toria descri 77 . PCT/EP201 7 7.t the fj f t
cpplication hayh Aot bbh BUblAred PIILGrEl Gy Contents i inELOIoNS b Bbuced infull for

a better underSRFRIMPoAHE! iBlidwings Rt 188 BREP At n0Ss tRE Pregedtas ihlEntion: In
the case of thé oonfeduratior bctdrelingetouE P2 12 436e meocoligned EPAL350@€3%bhdiog according to

CHO1159/09 regp, RET 67 2QHU0%28 16, 1iffarsnt pararpptens may e cheseie therstereo decoder
and 20 which are use tochg?fer te pse (Eio-stﬁrecig onic SEQEIS. ThOlﬁgh ofte sexéral parameters or

several sets of PAAfete aE/ 0d PiPoptalEssEdd de o?motn Caudio signals, the
choice of suchpdraimdtes Hdan axpast an thet girokived spatial ssiumid 28 inh&gd)iTdie choice of the
|to§1r_ar|neters V\I/:I@igtrkl]taﬁ@ opg@;um 5] @ﬁ@ﬁatinlfqtcmdgg)rgwcfggﬁ aj p{arﬁ?l@r @yt?ioh@igrqu Momt/eve{hnot
rivial. rthermore, the a ment Q arameters also frequently.has an impact on the
degree of 30 c%rr]roeﬁah%?n l‘)élélt\r/vaeré?%J(%l erllgft 8Har?r;ﬁe$awa't ecrllgﬁfﬁc aﬁgleq. rI}npilng c%%?e%t%f CHO01776/09
resp. PCT/EPSQ1(/65897H hdvieidh it RBY bBBMfb@YEthaRfit WodlB néleC SeMsstobPiuilate a uniform
degree dftcorratationlforziée dualuationgofifferdrdre x(t) is the |left out put

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

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

20 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)

25 or the limt value R*, defined by the inequality (11laA)
bel ow, or the deviation A, |ikew 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

30 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:



37 parameterizations for presp. f (resp. the simplifying parameter n), a, p. An aim therein is to
provide a new method and a new device for obtain% g pseudo-stereophonic signals resp. a new
method and a new device for automatically and optirnally choosing such parameters which form the
basis for the generation of stereophonic or pseudo-stereophonic signals, resp. a method and a device
for optimally and automatically determining particularly 10the parameters (y, k, presp. f (resp. n), a, p)
while generating said stereophonic or pseudo-stereophonic signals. Such a method resp.such
adevice are intended to be used to select, from a plurality of decorrelated, in 15 particular
pseudo-stereophonic, signal variants, those whose ?ecorrelation is found to be particularly

advantageous. In p@rﬂié‘@iér,(ﬁ Shoutd be‘po%é blef toliFfitibhet tHe BIbedbn Yiteria themselves in

a form 20 as efficient and compact as possible in ordefto be able to convert signals of different nature
(for example speech in contrast to music recordings) into the optimized reproduction thereof.
According to one aspect, CH01776/Q9 resp. 25 PCT/EP2010/055877 propose a device and a method
for obtaining pseudo-stereophonic output signals x(t) and y(t) by using a stereo decoder, wherein x(t)
is the fun&tion-value of thie mesulting! 1dff SGxputtchHririd it tHe imear &wd ¢tt) istthe ®Rinction-value of
the 30 resulting right output channel at the time t, in which the obtainment is iteratively optimized until
<x(t), y(t)>is within a predetermined definition range. 38 If there are dropouts or similar defects,
however, an insignificant quantity of single points may lie outside the definition range. In this case, the
obtainment is iteratively dptfni¥ebituntil 2dbortion of

<R + A

T
10 <fa* {1 /AN[1- (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
15 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
20 true that

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

all for determning the function width of the stereo

25 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



<x(t), y(t)>is within the predetermined definition range. The desired definition range is preferably
stipulated by a single numerical parameter a, where preferably Oal. This parameter and hence the 10
definition range can be usefully stipulated for example by the inequality Re2{fIx(t] + gly(t)Il * 1/a2 +
Im2{fIx(t] + gly(t)]} 1 wherein the relations 15fIx(t)] = [x(t)/A/ 2] * (-1 + i) and gly(t)] = [y(t)/A/ 2] * (1 + i)
apply for the complex transfer-functions fIx(t)] and gly(t)11 of the output signal x(t), y(t). 20The user
can arbitrarily stipulate such a definition range, on the basis of the unit circle of the complex number

plane resp. of ' i - axis (i ximumlevel o t sign t) has been
normalized onét e‘é%%%ﬁ)@g} ﬁég}; tﬁg Zk@gggggeré%glg%if?ﬂr%%@ea%{éo ?fmains valid when
a reference sylstéin & B8R khe unit circle of the complex number plane is chosen and a different

new definition range is defined. "Definition range” is 39 therefore understood generally to mean an

admissible range of valu¢$]fq;a<rx1(q)dﬂ)gpf tn%%utggbsigpalegppyg)sgym?h, overall, is intended to

: . . . : hich sh
\(I:v(?]r;[?:; :);g% y tZlgg)EJ}ll r msg)grrt f arteg(arme% C|rt1 fhoenc?rséet ﬂfo%esfec |\{ecﬁo%ne(1 Ber(]:é)rcthggsw ich show

5 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.

10 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

15 invention:

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
20 which 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
25 inmage. The choice of the paranmeters 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
30 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



In a preferred variant embodiment, the degree of correlation of the output signals (x(t) and y(t)) is
normalized. In a preferred variant embodiment, th%jo level of the maximum of the resulting left and
right channel is normalized. In this way, certain patdmeters can be iteratively optimized in order to
attain the desired definition range, without said parameters affecting the degree of correlation or the
level of the 15 maximum of the resulting left channel and right channel. It also makes sense if - for
extremely different parameterizations for y resp. f (resp. n), a, p - criteria which are dependent on

o YO ISP AHEEAIT e RGP RS D rPPESRea Badp AT IRTHET o

corresponding range of values dependent on I<x(t), Y(t)>I is normalized, so'as to constitute a criterion
for the optimizZBBORRHRS pAaméterd-25In one embodiment, a method for obtaining
pseudo-stereophonic output signals x(t) and y(t) by using a converter is therefore proposed, wherein

X(t) is the function-value @f,thg; resviting defh optput gh?pwiadéh%tiw, WOErRIR Yl ds the function- 30

value of the resulting right oujput channel at the time t, wherein the complex transfer-functions
fix(t)]and g|y(t)'}8€’¥h§eo‘8t6& ié’ﬁa@@}é‘beﬁﬁ‘&:R&&ﬂ@[ﬁb%eﬁm{&”# D SAIBRAS) = [yyar 21+ (1 +
) in whiclb therag@s@ining is eeratiiehodpténiced unginiréeholloRinigodritatibiisehatistkdd: y

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

10 the paraneters (o, A, presp. f (resp. n), o, P) 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
15 particul 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
20 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.

25 PCT/ EP2010/ 055877 propose a device and a net hod 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

30 resulting right output channel at the tinme t, in which
the obtainnment is iteratively optimzed until <x(t),
y(t)>is within a predeterm ned definition range.



Re2{C[x(t] + gly(®)Il * 1/a2 + Im2{C[x(t] + gly(t)11 1, 5 where Oal stipulates the desired definition range.
A remarkable aspect of the methods for obtainingg eudo-stereophonic signals according to
W0/2009/138205 resp. EP2124486 or according to 10 EP1850639 is the fact that they always provide
a perfect mid-signal. For this reason, the short time cross correlation (1B)r = (1/217) * f x(t)y(t) dt 15-T
* (1/x(t)eify(t)eff) is introduced here for the time interval [-T, land the output signals x(t) from the left
channel and y(t) from the right channel. 20As already mentioned, it makes sense if a uniform degree of

correlation is attained for,gxtr, ly differe erizations:for.y regp. f (resp. n), a, p. For this
purpose, according to théﬁv@ﬁ%%%, tﬁfaeéde%ﬁ’r@?gplcegrrgﬁatigl @e?ﬁger?%ﬁeééﬁtgm signals (x(t) 25and

y(1) is normalBeUCYRE ndhaliPidHEAd pAAErBHABE StiyulBle by HeRnRY S sPBY¥fic variation of
k (left attenuatiorg aryt Gigthé atteeuatefn)nidtli on r &rgthe basi$ bf hecasformt degree of correlation,

the signal attagad-afRoW besSysterPatically sybitedie e¥Rlyaten categg thaisrpnpe influenced by
the user. . L . L
5 <x(t), y(t)>s within 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

10 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

15 fx(t)] = [x(t)/V2] * (-1 + i)
and
gly(t)] = [y(t)/N 2] * (1 +i)

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

20 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

25 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



It also makes sense if a uniform level for the maximum of the resulting left and right channel is being
attained for extremely different parameterizations for presp. f (resp. n), a, F. For this purpose, in the
represented system, the level of the maximum of 10°the resulting left and right channel is normalized,
so that this level is not influenced by the optimization of the parameters. It makes sense, for
example, for the modulation for the maximum of the left signal L and of the right 15 signal R to initially
be uniformly confined for example to 0 dB by means of a first logic element. It also makes sense if - for

extremely diﬁqgﬁ% ggr@é%etﬁﬂ@@lsg%y ég;psrfé[qsy. p)] ‘E}‘r@a'ncrgﬁri%a\mi%hs?ﬁ (éependent on

I<x(t), Y(t)>I ar used for the stipulation.”For this purpose, according to the [nvention, a

corresponding 298 dtlvalRlsUshofRalizet, kb adfot dortitib & QHERSH 1611188 Bbtimization of the
parameters. x{) and ygtj ale mapped withirethed Unit ciscler2beofdhd comptexhamiber plane. The
function f [X()lk aiy(D] 61 Powbg anqlyzed imm(ﬁa? dletefldp osderrip dayw conglisignssconcerning
the quality of the respective output signal from a.device accaording to %4200941 8205 resp.
214486 OPEPIBEEE3S, 151 30 WHEIpRE Oy 6k iHadih SORMHAE 16 i B land

gly(t)]is in this@asdegpilent to a deflection on the real axis when analyzing the function flx(t)] +
gly(t)]. 42 The stereo decoder is therefore optimized according to said criteria for example for

1Reiflx(t)] + gly(t)P and f?rnllrgiflxpgf+ glly&taﬁ Jhirsi rgﬁgﬂognq)as PTONED itsﬂfkéo 88 5r %articularly
advantageous, since a single pgrame er, nameafy a, takes op%mum actount of, mgparﬁgular, the
different natur8of éi9% beipat sRMakf fréhen AEViBE or 8l BBNo8 dotbkding Rl Wd420094338205 resp.

EP2124486 onbP#850G38. Thenparaprateemay Preter by thecttpsuidennhon 10Hbe type of the audio
ggnaqubexapgw%p18gk¥ﬁ% maxi mum 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

affecting the degree of correlation or the |level of the

15 maxi num 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
20 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.

25 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-

30 value of the resulting right output channel at the tine
t, wherein the conplex transfer-functions f'[x(t)]and
g'[y(t)]of the output signals are defined:

FIx(t)] = [x(t)/N 2] * (-1 + 1)



process speech or music differently on a manual or automatic basis. In the case of speech, unlike
music recordings, the definition range determinedﬁpc the parameter a preferably needs to be restricted
15 significantly due to disturbing artifacts such as |éh frequency sidetones during the articulation.

In addition, given the limitation to a single parameter a, any optimum function range can be chosen for
fIx(t)] + g*[y(t)]based on the unit circle resp. the 20 imaginary axis. If the signals x(t), y(t) do not
satisfy the aforementioned conditions, the invention involves optimization being carried out by

re-determining the para ri(n ) or p -gceprding to an 25 iterative procedure that is
matched with the functigrzf\ﬁflﬁgz [t(pﬁ?gt, %]Qc{:lr?& y[t(p(,qf, a, 0)] resp. x[t(p, n, a, 0)] and y[t(p, n, a, 0)]

- whilst executing steps described so far until x(t) and y(t) meet the aforementioned conditions. 30In a
further step, thereikf ohthefancirailx(i)he g*py/(i)} for axampley isopdw ainakdedfion the purpose of

maximizing the ﬁ@qt@pr\@m@?thue,rgqfe}tii%ﬁpgsiggttpsqhog\dt.hat this procedure is equivalent to the

maximization of 43 (6B)f flx (t)[+ gly(t)]1 dt this expression, for its part, remains less 5 than or
equal to the value of (7aB)J a * 11/ Ai[l - (1 - a2) * sin2 arg{C[x(t)] g7 [y(t)]111 dt. 10In this case too,
the user is proRefdd ihtal tdoldnBofdn) ds He Ha9A fred hticéxdftthetiraitly4ltd IR=(ck the deviation A
defined by the inequality (8aB), see below) for this maximization within the context of (8aB). Overall,
the followjng condition must be met for.15 the total number of possihle signal.variants xj(t), y(t):
(8aB)OR1 -Ifl)& TEeglyd(?)% (?t Smf squpu ates the 5@31?@8 geflgl%lon

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
10 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
15 -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.

20 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)

25 and y(t)) is normalized. This normalization can
preferably be stipulated by neans of the specific
variation of A (left attenuation) or p (right
attenuation).



-T 20 max f(t)] if*[x (t)], g*[y ()11 EIS -T glyi(t)11dt R8 + 25 *I'a* 11/ Al(1 - (1 - a2) * sin2 arg{C[x(t)]
g [y()]111 dt 44 R* and Aare directly relategF o the loudness of the output signal that is to be
attained (i.e. to those parameters which the listenefalso takes as a basis for assessing the validity of a
stereophonic function). If the neighborhood of the limit value R*, defined by A, or the maximum
of all possible integrated reliefs is not reached, optimization in terms of the limit value R* and the
deviation A or in terms of the aforementioned maximum - in accordance with an 10 iterative procedure

that is matched with the féqcp% VB%‘?FQ([‘}W tﬁeourﬁrgjg'r[w?of rg,?p X[t(p, n, &, 0)] and yJt(p,
re

n, a, 0)] - involves new parameters yres sp.ares eing de ermlned and all steps described so

far being exect®d GhiiigHhls igﬁ(t)s 'y&ﬁ‘?és&tpfa?érﬂéfé@ﬁfbéb%"t"egﬁ presp. f (resp. n)
resp.aresp.13sgsile ndticit abirgsaiy wcommntm seedopabnization.i Wehiaa apyaopriate choice of

the degree of ggirelgtion @fdgﬁ@@aargctqr@e- sfufating the 20 desired respective definition range -
and of the limit value R*and also deviation A thereof, it is possible to configure optimum systems for

the respective area of application (for example speech or music reproduction) for the respective nature
of the inpét signals. 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

10 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
15 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
20 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
25 of the conplex number 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
30 exanple. Any decorrelation 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)].



25The present considerations remain valid as an entity even if a different reference system than the
unit circle of the imaginary plane is chosen. By way of example, instead of normalizing function-values,
it is also possible to normalize the axis length in oré]gr to 30 reduce the computing time accordingly.
According to one aspect, it is recommended practice to use (inherently known) compression
algorithms or data reduction methods or to analyze characteristic features such as the minima or
maxima 45 for the pseudo-stereophonic signals obtained according to W0/2009/138205 resp.

EP2124486 or EP18506 : t o ! o
proposed ang[ysis of 1_<j(%f%(%?’ %‘Hpq&%%éPeTgngN& he svalyation thereo nstead of the

, it'is also possible to use 1<x(t), Y(t)>1220r optimizing the
stereophonizafi6fOf K BEnipRitiAgtither s dighiticaritl reBtes®PhS of r%%uit.@i-lbl[ﬁé/bg resp.
PCT/EP2010/85%8 R (¢arincidertaiybe |[app{iéd[to devices @yethdps that 10 generate stereophonic
signals which are reproduced by more than two loudspeakers (for example surround sound systems
belonging to the prior art), According to, ope aspect, CHQ1776/Q9 resp. PCT/EP2010/055877 proposes
the cascaded downstream 15 cgﬁﬁgﬁ%nﬂtﬁ% [JPMWO* i3 (fo? € gmple logic elements), some of
the parandeterp@f whicH adnh Ye atigast agieie dssterdiontsodles (fof bramplcea®dcrding to
W0/2009/13820wasp. EP2121486 ep ERKBR0&38b urterein, fepabagls for saidudeviggreor methods
involves 20the pIATICIRS Rres KSR PIesp: HIPHR S RALSPH Bﬁ chapged in an optimized
way until all conditions of the Togic élements are met. ese means (logic elements) can

incidentally beBa@idtfdiferetkl BAd tn \MeRQQRMHL 38 280RiERSTS - 323ﬁé@§oﬁbletely orin
part. EP1850639. The paraneter may preferably be dependent on

10 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

15 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

20 imagi nary axis.

If the signals x(t), y(t) do not satisfy the
af orenmenti 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

25 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.

30 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



For a stereo decoder, for example in adevice according to W0/2009/138205 resp. EP2124486 or
EP1850639 - for the case of identical inversely proLE rtional attenuations k and p - optimized 30
parameters p, k, f (resp. the simplifying parameter ’39 a, R are to be determined in order to convert a
mono signal into corresponding pseudo-stereophonic signals which have optimum decorrelation and
loudness (the two 46 criteria according to which the listener assesses the quality of a stereo signal).
The intent is to achieve such determination with as few technical means as possible. FIG. 1B
shows the circuit principlg-for the first two logic elements, as described, for normalizing the level and
for normalizing the degrege of correlation of the output signals from a stereo decoder with an MS matrix
110 (for exam%FéBa steref d&cbbkt htcbrdnly (4 10W6420094138205 resp. EP2124486 or
EP1850639), wherein the Thput signal M and S can (prior to passing through an amplifier connected
upstream to the MS matrix) optionally be fed to a circuit according to FIGURE 7B, which is optionally
and ideally connected downstream to 15 FIG. 6hB, and is activated as soon as the parameter z
resulting from FIG. 6bB ﬁ\g%' Bedt BEEPMINRY (s 8rbe'lt§v§). part ’Tﬁ(?'ﬂpét'ﬂ?gi BRstment 120 for
normalizihg thehevel 0 iredistadeocdUged & tieo rfentical 20 amplifiers having the gain factor p*and
ensures a modulation, showing the maximum of O dB, of the left channel L and the right channel R.
The signals L and R resu}ting from the arrangement 110 (for example an MS matrix according to
25W0420094138205 resp. EP2124486 or EP1850639) are amp_lifigd uniformly by the factor p*
(amplifiers 118, 78M) in slick a'wayl that ¥e maxifhum of both $iémalsaH & 1Evdiiof exactly 0 dB
(normalization on the unit ircle of the complex number plane). This is achieved 30 for example by the
downstream connection of a logic element 120 which uses the feedbacks 121 and 122 and variation or
correction of the gain factor p* of the am;;lifiers 118 and 119 to cause a modulation of the maximum
value of L and R to reachfo@igyay) 111} dt.

10 In this case too, the user is provided with a
tool insofar as he has a free choice of the |imt 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
15 the total nunber of possible signal variants x;(t),
yi(t):
T
(8aB) 0 < R - A< [f'[x(t)] + g'[y(t)]l dt
-T
20 T
<max [ (01 {7 Ix(0)], g*[yi(t)]} eo
-T

+

gly;(t)] dt

*

<R + A

25 T
<fa* {1 /N[l - (1 - a% * sin2 arg{f [x(t)]
-T

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



The resulting stereo signals x(t) (123) and y(t) (124), the amplitudes of which are directly proportional
to L and R, are fed in a second step to a further lo i§ element 125 which determines the degree of
correlation r by using the short time cross relation:g(' B)r = (1/21) * f x(t)y(t) dt * (1/x(t)effy(t)eff) -T 10 r
can be stipulated by the user in the interval -1r 1 and ideally ranges in the interval 0.2r0.7. Any
deviation from r results in optimized adjustment of the gain factor k of the amplifier 117 for the S signal
via the feedback 126. 15The resulting signals L and R again pass through the amplifiers 118 and 119

and also the logic eleme@g*lg‘gl,ﬁ\glz}iggég &frpecgtiﬁfnsdag%ﬁhe@ogala{iﬂg qf 6hu%| | i value of L

and Rtoreach 0 qu%galn via t acks 1 , and said S|l§;_nals are then 20 fed to the logic

element 125 dghth. AiPPlocRHERAls Stdrmied ihQrbSptRhizal e ditil $he B8gidOS orrelation r
stipulated by tpauasehas beehiattairtdue | i st effée rabslois akeseasignabag),y(f) @5 normalized

in relation to t%ggggirﬁlﬁ qftlae GaMmpie% W@Peﬁp@f‘ér eophdﬂpc Zﬁﬁ{ggiﬁi%cnsh.e circuit principle

which maps the input signals x(t), y(t) on the complex number plane resp. determines the argument of
the sum thereof 30flx(t)] + gly(t)]. With this circuit, the resulting signals x(t) and y(t) from the output of
FIG. 1B abe 48 fed to a mhtrixhia vitsicig fodowimgdespedthe drmpiificariahws tRe factor 1/A/ 2

(amplifiers 229;230) c3pid signalsare-broken dowiinirrespectives idepiicalreakand imaginary parts,
Withtherealplagliefs is not reached, optimzation in ternms of the
limt value R and the deviation A or in terms of the
af orenenti oned maxi mum — in accordance with an
10 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
15 x(t), y(t) resp. paraneters oresp.Aresp.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
20 desired respective definition range — and of the limt
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.

25 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

30 reduce the conputing 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



5 formed from the signal x(t), amplified by means of 229, additionally passing through the amplifier 231
with the gain factor -1. Therefore, the transfer-funcii ns: (2B) fIx(t)] = [x(t)/A/ 2] * (-1 + i) and
10(3B)gly(t)] = [y(t)/A/ 2] * (1 + i) are obtained. The'respective real and imaginary parts are now
summed and therefore produce the real part and the imaginary part of the sum of the
transfer-functions 15f [x(t)] + g[y(t)]. The element 232 determines the argument for flx(t)] +
gly(t)]. FIG. 3aB enables the definition range to be selected by means of the parameter a, Oal,

20 wherei ' 10N i ible hy: - basis of th
unit circle of %%BE%%%@?m%ﬁ&%%??r?%%ﬁg?‘y°§’x‘§f o M e reoly

ane re
determine the e fi o%qg%é%i%#}%iﬁéf By thga Br AorFREENNAK 25HuhBE plane within
the unit circle.grar poisethef sazeed irea paot (338apand dlae squarckdaemaginary part (334a) of fIx(t)] +
g*[y(t)]are calculated. The signal resulting from 333a is then fed to an amplifier 335a and is amplified

by the gain factor 1/a2 fr el¥ 30s Ie?table by the useé%&dditignally, th? S u<arEd sine 49 of the
argument of the sum of t g IIQ?I r nc{igﬁsfs&t?aogs* t)ﬂgé KBlated. X i(}: 4aB, which is to be
connected dowhéteah at thé SuUS 6f PITS3dH, &hosube cirsuit blinciple for a 3w third logic

element, whicly shpeks thegsignals Searespa dhiiat 1B andTmapremhp the gompiax nymber plane
according to FIG. 2B a%%)régilry to é[(lé,(a ggadiggn 6{4?%)5%7%{ﬂx(t1 + gly(t)11 * 14a2 + Im2{flx(t1 + gly(t)n
d . :

1 The squareos }e%rlupfalrt an uared Imaginary

CHO1776/ 09 resp. PCT/EP2010/ 055877 can
incidentally be applied to devices or nethods that
10 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
15 connection of a plurality of nmeans (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
20 the paraneters oresp.Aresp.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
25 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

30 paraneters ¢, 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



10 part of the sum of the transfer-functions flx(t)] + gly(t)land the signals resulting from 334a and 335a
are in this case fed to a further logic element 436a, which checks whether the above criterion is
satisfied, hence whether the values of the sum of tﬁg transfer- 15functions fIx(t)] + g*[y(t)]Jare within the
new range of values defined by the user by means of a. If this is not the case, a feedback 437 is used
to determine new optimized values yresp. f (resp. n) resp.aresp.P, and the entire system described so
far is 20 passed through again until the values of the sum of the transfer-functions f [x(t)] + g[y(t)]are

within the new_sr of v fined USEr fa, T igpgls for the logic
element 436a %?rfﬂ_%@vl t%langs (§|r8rel%ﬂ toﬂﬁeﬁg_s%bu?cﬁelg%m%ri %%rfE{Gh%%g% hg iIilaté;ter finally
analyzes the rééf drite AinRioRtBAG SHYR!tdr thENSUrhBEEBE maXirhRirRFtheSURction-values,
wherein the usardtasdefree whoate alimit vdduaR*f detetreitiedibyathermeeoslidys (8aB) (and of

deviation A, Iilﬁy\gjgg gP&letermined by the inequality (8aB)) for this maximization. Overall, the
condition: 50 (8aB)OR* -flx(t)] + gly(t)11 dt -T SmaxJflxj(t)] if*[xj(t)], g*[yi(t)11 ECD -T (t)11dt R+

5 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

10 WO 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

15 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 identical
20 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
25 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
30 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.



10a*11/A/1-(1-a2)*sin2 argif*[2(t)] -T g [y(t)1111 dt must be met. If this is not the case, a
feedback 539a is used to iteratively determine new, 150ptimized values y resp. f (resp. n) resp.aresp.P,
and the entire system described so far is passed tﬁ’ ough again until the relief of the function fIx(t)] + g
[y(t)] satisfies the desired maximization of the function-values taking into account the limit value R* 20
resp. the deviation A, both defined by the user. Hence, the original pseudo-stereo converter, for
example according to one of the embodiments in in W0/2009/138205 resp. EP2124486 or EP1850639
(in this case assuming the,jns identical | sely. iQn uations k and p), is used
to iteratively determine r?(f\ﬂvgpéégr%%éfgr@?ﬁeggefﬂég gln _res%%?gg%(?lg(l ufr?t? g(t%%% y(t) meet the
aforementionet{ &andidct) (4aBy anaehsi.udes o ths ¥t o8Bty (determined by the 30
selectable degreepdcorrelagibntryy defiaiidnRange e51 gdetanmenexklbp ittt s¢leptabte gain factor a)
and loudness {dgtegained Qi the selspiahle Jignt value R*JesRr ermeleqiplefigyiation A), the signals
x(t) (123) and ﬂ) gZ;l)éll-uere_fore correspond to th(Tbsel(gﬁtions bg the user and are the output signals

e fdn REfunhdt

L* and R*from f eﬂjiéncf'aerscrl?ﬁfed{%tnﬂjlét N [Bh dif&ttion:
rel ation:
T
(1B) ro=(1/27) * [ x(t)y(t) dt * (1/x(t)erry(t)ers)
-T

10 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.

15 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

20 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)
25 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

30 f[x(t)] + g’ [y(t)]. Wth this circuit, the resulting
signals x(t) and y(t) fromthe output of FIG 1B are



Occasionally, it is also important to mirror the stereophonic function obtained about the main axis 10 of
the directional pattern on which the stereophonic pi cessing is based, since for example mirror
inverted function in relation to the main axis occurs. This can be achieved manually by swapping the
left channel and the right channel. 15If an already existing stereo signal L, R is to be mapped by the
present system, the correct function direction can also be ascertained automatically by means of the
phantom sources generated using the illustrated pseudo-stereophonic methodology, 20 as is shown

b f inFIG. ieh is diregtl 19, EIG. 5aB, wh
FIGURE 636 iy IKGuiee Bt e o HHs A 1o Gl Pt O s oo

transfer-functi8f®H 1 kit baRhViok e AREARS eﬁét?i@ k8B sEIgREPL 2R In this case, at
suitably chosea3tines sdfal vehigmabsalbokthieralbseqdemtty citeéccoreslpgeg furetion-values of the

transfer-functiope ROfER+ gEX(t) s8R i Dhér%f“ﬁé)? may B¢ eAualie z,eé%fo_rpp&,l@ast one case),

the already 30ascertained transfer-functionf (x(fi)). + g (y(tl)) as shown in FIG. 2B is pared with the
transfer- f?mct o?ﬁ*'(f?lfi))& %ert ofst'hgq@r;lt sf{%& 1(tf‘?ﬁ%\p3.(§"tﬁ§ r%)‘nt %ﬂgﬁr(ﬁ of original stereo
signal L, R (wiaigd ititanefeatflipictivasisi axgetthined®ds by asiagithe fcirenit 8Bdwwih FIGheaB, the

design of 52 wiughhcersesrandsto the drmarieof thagircwd Fyftbe InRIKEIgERs (D), y(1) in FIG. 2B). If
these transfer-functions range in the same quadrant or in the diagonally opposite quadrant of the
complex number 5 plane, the total number m of the function-values from the cited transfer-functions

which are located in the $§4B& dudeffaint brin ki Eidgondlly oppoditequadrant of

and
10 (3B)  g'ly(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

15 £ x(t)] + g'[y(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,

20 wherein continuous regulation is made possi bl e 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

25 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

30 selectable by the user. Additionally, the squared sine



the complex number plane is increased by 1 in each case. 10An empirically (or statistically
determined) specifiable number b, which should be Jess than or equal to the number of correlating
function-values of the transfer-functions f*(x(ti)) + é*%y(ta) resp. f*(1(ti)) + g (r(ti)) unequal to zero, now
stipulates 15 the number of necessary matches. Below this number, the left channel x(t) and the right
channel y(t) of the stereo signal resulting for example from an arrangement as shown in FIG. 1B, 2B,
3aB to 5aB are swapped. If an originally stereophonic signal is to be 20 encoded into a mono signal

plus the functigp fpﬁgcrgpigg ﬁ%%{jirﬁftiq pgﬁgﬁnoge§?1éh? Isgnglf'fgipg parameter n of said function)
,kKorp (f

and likewise the paramete s‘gf,((a, p [p or example for the purpose of data compression) (for an
exemplary outht's5 16208 whidH Mndy Beléhhadc8d &3 thepat&feter z, see below), it makes sense to

jointly encode the information regarding whether the resulting left channel is to be swapped with the

resulting right channel (fqr) xamp|e expresssdiy the RsEaRsiRiZ BOVstRethg, value O or 1,
and, if desired, can simultaneousl écé'v te a circuit as shown in FIG. YB%.l . With slight
ﬁé Ci clu%s s‘qh%%l

modifications,%ﬁmﬁé}ecil%%tg lﬂ(_S t I n r’?ﬁﬂ&s_ 6_ta|%eaﬁd 668'canffd &?r\s(fllu%ted which can
also be uSed dtanotherdvcativn 85 hatiircthel ee@mital oMvuitioreaiigerkamt NE3 Ebonalréwing or
elxpahging thegéﬁéﬁi(gt \é/é:ﬂth'n':ﬁl] tais @I@'b}ﬁHOﬂﬁpbé?eh@ﬁid'tﬁﬁ@_abb’iﬁapfewi@f Lﬁfbhé@m phressi_o_n
algorithms or data r tion methods or, analysis of characteristic ures, su s the minima or
maxima for thgﬁtagggdééfe%gbr}?gn% %ig%r; S ont%%nea ig%é(')rﬁﬁwe;%egq?rél o?§ehra'o%s'p%egd up evaluation
thereof in accordance with the invention. Of particular interest (for example for 10 reproducing

stereophonic gigad}p in aRBMakiledHisghr( supsequeat narawirigor pxpgiding pkthe function width

The squared real part and squared inmagi nary
10 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-
15 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
20 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)

25 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

30 determned by the inequality (8aB)) for this
maxi m zation. Overall, the condition:



of the stereo signal obtained by using the specific variation of the degree of correlation r of the
resulting stereo signal resp. the attenuations k or % else p (for forming the resulting stereo signal).
The previously determined parameters f (resp. n) ﬂich describe the directional pattern of the signal
that is to be rendered stereophonic, the angle p- to be ascertained manually or by metrology -
enclosed by the 20 main axis and the sound source, the fictitious left opening angle a and the fictitious
right opening angle p can be retained in this case, and it makes sense that now only a final amplitude
correction is necessary, for example as per the logic element 120 in FIG. 1B, 25 provided that this
narrowing or expanding of the function width, is performed, manually. If this is to be automated,
series of psycHeadustic anﬁeﬁme‘nté%ﬁdv\; tiﬂéE B)cbrfst@nthetibn Qidth is essentially dependent on
the 30 criterion (9B)Omax < s'M c< 1 Re WIx(t)] + gly(t)] as well as on the criterion 54 (10B)0flx(t)] +
gly(b)il dttr+ K -T (where S* and E resp. U* and K need to be stipulated 5 differently for telephone
signals, for example, than for music_recordings). Accordingly, it is now necessary to determine only
suitable function-values x(t), y(t) which are dependent on the degree of correlation r of the resulting
stereo sighal respectivelyomae [ [ £ (1)1 {f [x; ()], g*[yj(t)]} e®

-T

+

g'ly;(t)] dt

*

R + A

IA

T
10 <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
15 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
20 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

25 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
30 selectable degree of correlation r), definition range



10 attenuations k or else p (for the formation of the resulting stereo signal) or, where necessary, on a
logic element which is identical to the logic element 120 in FIG. 1B, in accordance with an iterative
operating principle which is based on feedback. 15The arrangement according to FIG. 1B, 2B, 3aB to
5aB, 6aB, 6bB can accordingly be enhanced within the context of an arrangement, for instance, of the
form shown in FIG. 77B, 8B and/or 9B. FIG. 7Bin this case shows a further example of a circuit for
normalizing 20 stereophonic or pseudo-stereophonic signals which, when connected downstream to

FIG. 6bB, is agtj n meter z.is pr [aput sig In this case, the initial
value of the ggitﬁlﬁgt%rﬁi@ggreggowggzéﬁnle%ﬁa%\b/gIﬁeaoa?tﬁeafs%?:r? f@_gto%)sk |§F§£ FIG.,1B when the
parameter z is P16 &4 (4% B ThpEsiBNalsts Fr€! thaﬁ‘gltl%mEféﬂéd diftdd® & input signals to
FIG. 7B at thettime Of thistransfec.table dJdEhe eitduits showrtind-I&i FBatosOB ¢am incidentally also

be used autonofy S%W(Pt{? £ §O @qui}s %@Iggfig}r@s.co_r re g}gop_rpéeph%r_rangement, the left _
channel and the E%ﬁtéchanne are %Waggpsed in th§ MS maﬁlx 11 b;ﬁ{ usmg a Io,glc T_Iement 110a (which
0

also activates : nPivix RY o3 A56e p?aﬁ‘ mt& 2 eprggé s FrHP n?)u signal), provided
that the paran@iér Ri$ equalttbel, atherngsenth deseip dwss not take place. The resulting
output signals L and R from the MS matrix 110 are now amplified (amplifiers 118, 119) uniformly by
the fa_ctor p* such that th%tmﬁq@rlngm 8f bot .s[ig]réal% Hﬁé tﬁ :S\r/]el Oqfreé(&:E% :dB (normalization on th_e
unit circle of the complex number plane). This is‘achieved for example by thie downstream connection
of a logic element 120 which uses the feedbacks 121 and 10 122 and variation resp. correction of the

gain factor p* of the amplfiirradil8rand 19 ta cagseah seodulgienn efithetroaximunovalue of L and R to
reach O dB. I r , the resylting si : 1 d (124) ar fed to a matrix
as shown 15 iltl rl]:?Gn.S%§+im@ﬁ?fglIgvﬁﬁ%}{rﬁegec%eg%rﬁg%cé%g T)y%{ﬁzf fﬁrﬁlé_%i/gg\(,ampliﬁers 229,

230), theéh? are Yplit o ALIPRELVO RRENGRAL Sl Bn@TmAhSR) p&es, SHifT #RABANH S formed from the
signal x(t), ampfiftextby inmeanssoftZ2te dddrionally passieg ampligh @0rtherampiifier 28d with the gain

factor -1. The complexgranster-Binstioan Pt (Med heDipesady raeptigned iagnegtion with FIG. 2B
are thus obtained. TI}1e respective real and imaginar arts are n Wjummed and thua result in the real
i PRRRERA i H6ns F1 an

part and the imM&giRSR) SAEHr TBRAA R oPthe P oF P06

the right channel.

15 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,

20 as is shown 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

25 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

30 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

35 Dby using the circuit shown in FIG 6aB, the design of



An arrangement, for example based on the logic element 640 in FIG. 9B, now needs to be connected
downstream, which arrangement checks, for a Iimi% alue S* - suitably chosen by the user with respect
to the 30 function width of the stereo signal that is 16 be attained - or a suitably chosen deviation E -
both defined by the inequality (9B) - whether the condition (9B)05*-max Re flIx(t)] + gly(t)l 56 is met. If
this is not the case, a feedback 641 is used to determine a new optimized value for the degree of
correlation r resp. for the attenuations k or else p (for the formation of the resulting stereo signal), and

5 the previous\mgﬁmgﬁqﬁgg éﬁil&us{t%ﬁim ngGlﬂ%ElS %H% (;Z (ﬁg are B%rif?rg@%q until the above

condition (9B) Is e_output signals e logic'element are now transferred to an

arrangement, fdteeXaipit 19 EHRR_bSo K He) logit(diémeRt E455in FR - oB FTHiE &%@ingement finally
analyzes the relieinsfftee fdnoionifixig] + ghge]fomthehmurpase ofjopiimeirtg the functidrevalues in

terms of the f%cg@gﬁ\gqiqh)pfd%ggqrpg Séﬂ!?éﬁhcﬁ{tis iy be ﬁt@h'@gﬁgl Be ynehderbeing able to suitably
select the Iimitq\){falue U*and the deviation K, both d fin(}d b¥ the in_eaualit%li(loB), with respect to the
. t

function vﬁdth M ster sfg?]h ha'?%erge LRkv eOvélrQﬁ,tfh TEohdithtre (1(5@%*- icff[x(t)] +
gly(t)] dtU*+ 20 meustideatiet. nethes mdt e tasasa eiddhclabaslioastée o determihe a new

optimized valugsfge thfudegrggtof goriefationg 1gsagenane attepyriinsd guelge anfforghe formation of

the resulting siereo signal), and the previous steps just de ri? +as illustrated in 25 FIGURES 7B to
9B, are perforﬁé% uCn il ee?(elia 8% t%e fﬂ?\c ?c?n ﬁxg(t)ﬁ QC(_{*F?/%S s%c:ils)%esitﬂendegs%%% optimization of the

function-value§ 3wth respect to the function width taking into account the limit value U* and the
deviation K, both suitably chosen by the user. 30In terms of the function width - determined by

10 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

15 the 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 showmn in FIG 1B, 2B, 3aB to 5aB are swapped.

If an originally stereophonic signal is to be
20 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
25 640a which 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,
30 which 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

35 wthin the electrical circuit or algorithm



the degree of correlation r resp. the attenuations k or else p (for the formation of the resulting stereo
signal) - the signals x(t) (123) and y(t) (124) therefg?e correspond to the selections by the user and 57
represent the output signals L- and R from the arrahgement which has just been described. The
arrangement just described, or portions of this arrangement, can be used as an encoder for a full- 5
fledged stereo signal that is limited to a mono signal plus the parameters p, f (resp. the simplifying
parameter n), a, 13, kresp.p). An already existing stereo signal can be evaluated in respect of r

resp. aresp. R* resp. 10 'Eg?phﬁ%f I]‘lb%tlr(?@ %FGCQQE éﬁa&pn gagar%etp{ﬁ]g ir'ﬁ’)P'V\,irﬁWTU* resp. K

described below) and can then likewise bé encoded anew ds a mono signal by using the parameters
p, f (resp. n), a, 13, k resp. p in view of a device or a method according to W0420094138205 resp.
15EP2124486 or EP1850®39.t hi s 8Sppilarbathearrangemenejustddescrdreal, tashichf the elements

below may possiphreRddes R B! 8P ulsaife [rmeas sidalhuR.dresp. ). a, 13

kresp. presp. thetgﬁg)ction dire (rgor example 20 expressed by the parameter z, which can assume

the value 0 or'ﬁ QﬁO\%, L% 2 %w&éﬁs? di ﬁ)cér?éh%bgm ﬂf’"&é‘(goqai’ng to
W0420094 138205 redp. EP21pun868r EP 1888688, Oo¢ralhsudisenctstters or decoders can be used

25 wherever agidi sigpalsrire resAafstrapsdiiaesd Gosveeedntiansrededorsppduced. They

provide an excEeAIe(,jg‘ltH %Iée n3§v% \t/oa Lljjfellt{clh rr]m_{ahst%e?c*p@rq|c?tgg§p|8gﬁée SQ\?(EIHC gfeas of appllcqtlon
are telecommu--30 hications (hands-free devices), global networks, computer systems, broadcasting

and transmissidh@&it&d) particularly satellite transmission devices,

O particular interest (for exanple for

10 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

15 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

20 main axis and the sound source, the fictitious |left
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

25 provided that this narrowi 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

30 criterion

S- e< max |Re $f[x(t)] + g'[y(t) ]!

(9B) 0 <
< S+ e< 1

as well as on the criterion



58 professional audio technology, television, film and broadcasting and also electronic consumer
goods. The invention is also of particular importance in connection with the obtaining of stable
FM stereo signals under bad reception conditions %6r example in automobiles). In this case, it is
possible to achieve stable stereophony by simply 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 10 original stereo signal. The
complete or incomplete sub-channel signal (L - R), which is the result of subtracting the right channel
from the left channel of the original sterqo signal, can also be used in this case in order to form a
useable S signal resp. in order 15 to.determine or optimize thg parameters f (resp. n), which describe

the directional(ﬂé?l%)rn of the® g'ndf%ﬂ fidt6 belrendered St oﬂlt]orﬁc, e &ngle y - to be ascertained

manually or by metrology - enclosed by-tiie main axis and the sound source, the fictitious left 20
opening angle a, the fictitious right opening angle 13, the attenuations k or else p for the formation of

the resulting stergo signal or, resulting therefrom, the gain factor p* of FIG. 1B for normalizing the left
and right chan&@ﬁ%él%gqrﬁﬁhﬁ%@m riih oFf?%?ﬁ 5ta?1o%r‘?ersa{rf eMé&fl according to the
invention,5on tlefun@tredmatd gin tieis cthsé apharexasgead Erespondexanm maximam level of 0 dB
which Ihas _bequbrgormﬁgizehd rbyc;@ir@g ngwher%@?dﬁdhﬁ@quépunput_signﬁbmsﬁlé@aé‘mhﬁhij f
normalization an is the right 30 output signal resulting from this normalization) ot the degree o
correlation rofJl t _e(yrgg&lrtihng ré?zrgf)%sansaq'oEr ‘agep Saiﬁ%gég)gr %'}o\r/g?ez |r(ﬁ§? I?(i, dn’}fsgsﬁ’ le range of
values for the WOhTo¥ tAEerARRGTARBiorR ot thE rédtifg obip Lt eigrRliatibPaxdmple the complex 35

transfer-functions (2B)SH()] RGO Ao 1 grral 53 s8p€3B) gdy()] oriy(tHA/ 2] * (1 + 1), where, for
Oal for expmple. AR (AH9VYRg 1S UYF- Ri488) Re(Bt i@y (il miedoh ek + aly(fl 1)
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.

15 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

20 stereophonic or pseudo-stereophonic 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

25 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
30 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



or the limit value R* or the deviation A for stipulating or maximizing the absolute value of the
function-values of the sum of these transfer-functi (where, for this stipulation or maximization and
for 10 the time interval [-T, T] resp. the total number-of possible output signals xj(t), yj(t), the following
for example is true: (8aB)0- Af(t)] + gly(t)]1 dt 15-T maxi'(t)] if*[xj(t)], g*[y (t)]1 Ea) -T +(t) ] dt 20<+A
[1]a*11/Al[1- (1 -a2)*sin2 arg{f*[x(t)] -T + g [y(t)]111 dt) 25 or the function direction of the
reproduced sound sources, for example by determining the corresponding quadrants for the

function-valueaﬁ)f -tip.Ppaltlmsi%gﬂgmgfggpﬁ%mi@%{o&%gqﬁg gﬁfé?rg}n toI IgIG. 6aB, of the

transfer-functions “or the left channe he original stereo signal (which can be optimized for
example by viRGE 3¥ stifsquett BRapbIR GUHARE 53re§¥}ﬁiﬂgqé’f?§eﬁ§?gighf"5ﬁarm&c§ee above), or the

limit value S* or the deviation E (for which, by way of example, it must be true that (9B) Omax Re
PIx(©1 + gly(®! The resulting output signals L and R fromthe
MS matrix 110 are now anplified (anplifiers 118, 119)

5 wuniformy 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 elenment 120 which uses the feedbacks 121 and

10 122 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
15 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
20 the anplifier 231 wth 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
25 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

30 function wdth 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



or the limit value U* or the deviation K (for which, by 10 way of example, it must be true that
(10B)0fIx(t)] + gly(t)] dtTR+ K), -T all for determining resp. optimizing the 15 function width of the
stereo signal to be attained. In any case, the resul é stereophonic function which is constant in
respect of the FM signal. In this case too, it is additionally possible to use prior art compression
algorithms, data reduction 20 methods or the analysis of characteristic features, such as the minima
and maxima, in order to speed up the evaluation of existing or obtained signals or signal components.

In each embodimags andip eanhdiopte fisp- 2heachalemant Jag GEWS, £9Ny QG S, grrangements
or logic elements described can be implemented for example by equivalent software programs and

programmed procE&FRE B PSR oPEPEPREHTLSSE B! U8t S¥ynhisis 28E8HEENGIE of incidence left
fictitious openingrargjlatigbifictitioas ppehog drgle atteroatadn fomnghe |&ft inglus sigmal attenuation for

the right input sighial t he formati on of the resulting stereo signal), and
5 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

10 based on the logic element 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

15 being able to suitably select the linit 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+ «

20 nust 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

25 FIGURES 7B to 9B, are perforned 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.

30 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



The attenuations A. and p can be used to adjust the degree of correlation of the stereo signal. polar
angle polar distance, which describes the directional pattern of the M signal gain factor for a resp. 0
time difference for a resp. 0 simulated left signal component of the S signal Spsimulated right signal
component of the S signal x(t)left output signal y(t)right output signal fIx(t)Jcomplex transfer-function
gly(t)lcomplex transfer-function 62 degree of correlation, derived from the short-time cross correlation
limit value for the loudness of the resulting output signals x(t), y(t)

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-
5 fledged 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

10 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.

15 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

20 expressed by the paranmeter 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
25 wherever audio 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-
30 nications (hands-free devices), global networks,
conput er systens, broadcasting and transm ssion
devices, particularly satellite transm ssion devices,



deviation Istlimit value for the function width of the resulting output signals x(t), y(t) deviation 2nd limit
value for the function width of the resulting outputrﬁignals X(t), y(t) deviation The
practical-commercial application of the algebraic invariants just developed covers nearly the entire
signal processing field. The stochastic analysis of audio signals, as known for example from the field of
digital audio broadcasting (DAB), is of particular interest; in that field, so far, for the simulation of 10
Gaussian processes, techniques such as the so-called Tapped Delay Line model or Monte Carlo

methods (CologedyGouple GaUSSIANAQISE I BI%iensians)uare ise pee bigjoaraphical
references. THe transfer of the operating principles applied there for 15 stabilizing optimization

processes, sublh 38¢RAebEGiFEHATF8/R RS’ PLTIEESHEHBEES BLAMSuId be conceivable, yet

not very efficient in practice. 63 On the basis of the present algebraic invariants, it is however

possible, as part of the inyggtipp.tef&fing fpgexgraples vgﬁégqqn&ﬁsafpllp or t and®r this purpose,
a first optimization according to CHO 77%'09 rel?sF[])éPCT/E 2 \oé? 1B, 2B, 3aB to 5aB, is

10/055877
performed on h%igﬁ%%@ﬁﬁ P8t el né et])(.) 'onu'tﬁlﬂs% F%gjoa 5 a@c%ﬁé&gdfor example to a
module 6601 &t@nding toMIB! 6Caghd #eell invarianisdcbhstiatelf airthexaaregtion points4lof the

Surrf]l %f tf;le Eorlantedrf?ﬂa;%gswwti@n& fﬁ[&(t@h§é¥(t2)éA4 4 *pb)l;é'i ihiﬁ@d tgé[yéfézwi ‘e{éé(tl)/A/ 2])* (1OI + 1)
with the half-plane defined by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1 nd (1, 1, 1) and 15
located in the i_s e(l))(riia sgts% %8§ rants §};'ghse' c ae{l_ey( n'uh (gfrhp arIITe%!- &ecgﬁgri a}xl, ul of the

represented aRfe®P@t niddet cBincitfesiereVAtH thd 1@afhxis MheCdkis 82 L BwitHh®imaginary axis)

are analyzed inHermepf thelirsgiaisticahdistifbution. All gitfrarh&fnibe tofal nbmber k1 are stored in a
memory(gstack) ligier afl dyrtherdiesarbed PREMUORIRAENGES tHE SAGREYRIUE ub-

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

15 to determne or optimze the parameters f (resp. n),
whi ch describe the directional pattern of the signa
that is to be rendered stereophonic, the angle ¢ — to
be ascertai ned manually or by nmetrol ogy — encl osed by
the main axis and the sound source, the fictitious |left

20 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

25 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

30 output 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

35 transfer-functions

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



41:= (1 4)11(1 25h1=1is likewise calculated. The latter is stored together with the parameterization p1,
fa (resp. nl), au pi, determined by means of said fitst optimization, in a further dictionary valid for all
further described 30 operation sequences. cording to the function command 6004, in a
second step a second optimization according to CH01776/09 resp. PCT/EP2010/055877, FIG. 1B, 2B,
3aB to 5aB is then performed on a signal section t2 of any 64 length. The outputs of FIG. 5aB are in
turn connected to the module 6001 and the invariants (constituted at the intersection points 42of the
sum of the co x transfer-functions f*[x(t2)] = [x(t2)/A/ 2] * (-1 + i) and g*[y(t2)] = [y(t2)/A/ 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
located in the 1st or also 3*d quadrants of the complex number plane - the axis of xI, ul of the
represented algebraic m¢@8)10ocpincidel here with) the 2l axig 1the axis x2, u2 with the imaginary
axis) are analyzed in terms of their statistical distribution. All 412 from the total number k2 are stored in
a memory ("stack™) valid for all fgrther described operation sequences; the mean value 15k2 42 :=
(112)IC2 h2 = Ti&HGewise talkutatéd “THe I%?fér%(i?f‘jtﬁllr‘?ad&é](?to&é}ﬁ&%iﬂ‘?tﬁesparameterization P2,
f2 (resp. /12), LOW, 132, determined by means of said second optimization, to the first mean value
41as well as its parameterization pl, fl (resp. nl), au pi, in the dictionary valid for all further described

module 6302 6 1B actt il KU Ol caitliiees WO Jai H30c Morsecton
points4111,4-,1,2stored in the stack:

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

10 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
15 -T
T
< maxl [ ()] {7 Ix ()], g*[yj(t)]} e®
-T
+ gLy (t) ] dt
20 <R + A
T
< fa* {1 /N[l - (1 -a% *sin®arg{f’[x(t)]
-T

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

25 or the function direction of the reproduced sound
sources, for exanple by determ ning the correspondi ng
quadrants for the function-values of the sum



k2 +)k2 30h1=1h2=1 and selects from the dictionary among the mean values 41,42with their
associated parameterizationthe mean value closest to 4*2. If this is the case for both mean 65 values
4%42, 41 resp. the parameterization (1)1, fl (resp. (1), au pi is selected from the dictionary. The mean
value selected from the dictionary is then transmitted together with 4*2 to the module 6003. The latter
verifies whether the mean value selected by the module 6002 is within the interval Ho + 4*2, 4*2+ oh
where (5>Orepresents the standard deviation, freely selectable by the user, of the Gauss distribution

fictitiously set in4*2: 40f) =1 / *GE : If the, n e sglected by the module
6002 Is Withiﬂ%%éz ﬁlrﬁjrv%a%ﬁ *£8*E+eé<lét e)%a%)rrclé%eﬂlzg orE ?elgygclj I:%//gt e md%IQQGOOZ according to

6010 In the arfdifRsi&Htdr #iE! iﬂélrFé’s;.f).qfth P8 15ahhicAho iy aif fGtAB!saRE of chanty the
amplifier 717 arrcether M& matrixs idreeeindiogimal whwihi are todie freesseptthrougddorilpionce) resp. the

outputs 6006 aRd AP E OB{/:K\?H 1B qee é‘Fti‘éft}B@e'éﬁ%H%e gwa?ng?s €908 giad 6009 of FIG. 2B. The
output 6006 runs 20 Into thT Input 6006 of FIG, 6 ut 600 rLiPns Into the Irrlﬁgt 6007 of FIG.

, the out
6C, the o tputr fUn39ntcthe Iﬁﬁﬁtp(é‘odé ght—'lcfiwﬁﬁg’thé;s&tp% %58@ ruf® 1htd the Input 6009
of FIG. 6C. Rdfér8rice\atosedifct9re pleedevihatdudputesighar x(Wrarh théynode 8003, 25
reference 600¢ elifieptly represenistthe eutpuisignaay(t) from the module 6003, 6008 directly
represents the output signal Re fIx(t)] + i[y(t)] from the module 6003, 6009 directly represents the

output signal Im fIx(t)] + i[y(t)] from the module 6003. These siﬂnals*, 30 In the signal processing
described abol/8Baredoherected®s Fhel EEpredeht8dihie dilftpatsigndls of FIG. 5aB, which with

FIG. 6C then constitutes, In this example of application, an Inseparable unit.
or the [imt value U* or the deviation x (for which, by
10 way of exanple, it nust be true that

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

all for determning resp. optim zing the
15 function width 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
20 nethods 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
25 each elenent, the circuits, converters, arrangenments 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.



If the mean value selected by the module 6002 35is outside the interval Ho + *2, *2+ (51, in a Cith step
66 a gth optimization is performed according to CHQ1776/09 resp. PCT/EP2010/055877, FIG. 1B, 2B,
3aB to 5aB on a signal section tg of any length. Th%loutputs of FIG. 5aB are in turn connected to the
module 6001 and the 5 invariants (constituted at the intersection points 4of the sum of the complex
transfer-functions *[x(tg)] = [x(tg)/A/ 2] * (-1 + i) and g*[y(tg)] = [y(tg)/A/ 2] * (1 + i) 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 10 located in the 1st or
also 3*d quadrants of the complex numng plélpes-};nj%&ijs Qfgnghof the represented algebraic model
coincides here with the real axis, the axis x2, u2with the imaginary axis) are analyzed in terms of their
statistical distribution. Allfrom 15the total number kg are added to 41,4112,4,1 1 in a memory ("stack”)
valid for all furth scribed operagipn sequences, Hhet ean value kg 4,,:= (1 4hq ) llcqg 20hg =1 s
likewise calcul(gxti{cigﬁl tfe latter isef[rﬁ gﬁ% a%%e%ﬁ%%gt er %ith the parameterization pg, fg (resp. ng), aq,

pt, determined by means. of said gth optimization, to the first mean values4cl, 41, ..., 4,44as well as to
25their param&e@glaf?&@pi, fi (ré .tnlé,' &t Bl 31§, openi ng ana e

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

fx(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)



(resp. n2), 112, 132; ...; Yq4, fg-1 (resp. ngz2), acT, Pc* in the dictionary valid for all further described
operation sequences. Since the memory ("stack") 2 w contains more than one mean value, the
module 6002 is 30 then activated. The latterCalculates the mean value 4*gof all intersection
points 4111"4.1,2, ..., 42,9 stored in the stack: 67 k2lcq 4*ci :=411 ++ +4hq)I(k2 + kg) = 1h2 = 1hq
= 1 and selects from the dictionary among the mean values 41,42, ..., 4c),lwlth their associated
parameterization p, f (resp. n), a, p, the mean value closest to Vg. If this Is the case for different
parameterrzatrons, the parameterization that appears most often In the dictionary Is selected. If
several paramleterrzatrons 10 apiRai € Shmediursbat dfdimesiahé vae thasAdWEthe widest

scattering In the dictionary Is selegigd; i.ei ihe @reotos wieh glesdifference d - ¢ Is maximum, where d
represents the last and c the first Index number of the respectively optimization steps 15 undergone. If

this too appliegto several parametefrzati])s, the tirst Ppe thah apnssss by sglgeted. If two mean values

from 4c)1,4c)2,...,4c),Lare close to Vq, Insofar as In a g-lth step one, of the two mean values resp. their
associated parameterrzatrons 1" 5P ELIEERY PAHh RKE dﬁfti%ﬂgﬁf‘ tﬁ(é %ry ya(rﬁ% one resp. Its
associated parameterrzatrons Is retained. The mean value selected from the dictionary Is then
transmitted todether with 4',Ito tEMALIELE003. The latter verifies whether the mean value selected
by the module 25 6002 Is within the Interval+ 4*" 4* 1+ oh where 0>0 represents the standard
deviation, free§ selectable by thé*ikémat theddeginrfiog of the éntiretgrocess Wtistrated here, of the

Gauss distribution of the resulting output signals x(t),
y(t)
€ devi ati on
U 2" |imit value for the function wdth
of the resulting output signals x(t),
y(t)
K devi ati on

The practical -commercial application of the

5 algebraic 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

10 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

15 stabilizing optim zation processes, such as descri bed
in CHO1776/ 09 resp. PCT/EP2010/ 055877, woul d be
concei vabl e, yet not very efficient in practice.



fictitiously set as zero In Vg: 30fzg= (1 / (-v(21-1) * 0 ))* e-(1(2)*(((zg*-4*qyzro-2) If the mean
value selected by the module 6002 is within the int Pgival Ho + 4*" 4* 1+ (51, the parameterization
selected by the module 6002 according to 6010 in the arrangement of FIG. 7A resp. FIG 1B 35 resp.
the outputs 6006 and 6007 of FIG. 1B are 68 activated, likewise the outputs 6008 and 6009 of FIG.
2B as well as the corresponding inputs and outputs of FIG. 6C. Reference 6006 again directly
represents the output signal x(t) from the module 6003, reference 6007 5 directly represents the output

signal y(t) from the moduje, 6003, iregtly. repr t ignal Re flx(t)] + gt[y(t)]from the
module 6003, 6009 directly rggés%oét%t e?utétﬁ%i%%%ﬁf((%r g%it)[?y%% rom the module 6003.
These signals! MYREIHgHa 10! frob8shOYBEEERBIDRIE are gl th 1Y tr&&¥8d as if they
represented theno@tptt signatscofddGl. baBf whickxaitp IFG a6 Gedogistiiubes, &s the present example of
application, an igspgakable unit. If the mean value selected by the module 6002 15 is outside the
interval Ho +4*,,+ oh in a g+lth step a g+Ith optimization is performed in the same form as for the Cith
step and for the cith optimization. The process is repeated as long as necessary until one element of
the dictiodary fulfills the dtsovet 20 fecRivepeses ofafrmasmupphumbealof alowed optimization steps

has been readhedlor di nICo 5GBTS TocorRepOe RETPRRIOQIYOB At efattished
e e T e R B e 52 o
= (1((2n) *oheel ength ti. The outputs of FIG 5aB are connectedfor
exanple to a nodul e 6001 according to FIG 6C and the
10 invariants (constituted at the intersection points§of
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
15 located in the 1% 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
20 the total nunmber k; are stored in a nenory (“stack”)
valid for all further described operation sequences;
t he nean val ue

kq
1= (X &u) 'k
25 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
30 operation sequences.

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



whereo>Orepresents the standard deviation, freely 30 selectable by the user at the beginning of the
entire process illustrated here, 5004 the third mean yalue  which remains within the turning points
defined by CS of the Gauss distribution 5005 of same standard 69 deviation, fictitiously set as zero in
4*3, and thus fulfills the convergence criterion. In each case, the result is a parameterization p, f
(resp. n), a, p, which supplies a pseudo- 5 stereophonic function that on average is optimum in relation
to all algebraic invariants. As the number of signal sections increases, the distribution of the

intersection pqigtﬁ 4 ﬂf thﬁpég%lgﬁaﬁijipﬁangmtglo% thg Ifépl ne res v Ign’lrpe%@%lgzed with the
complex number p(‘?ané approximates the Gauss distribution. The smaller the chosen standard

deviation CS i5 2thENGodB Y lige £ A rédiftird SarkaMeEeli 2tioh WRAYSLbIELED adtan only finite
number of sighdieseictibes apcavalabpmiCs shutdf nothes bechosen teo saihl avertheless, the

method in terrps Qf,§$ gpnng@pq:%}%cqn?igﬂagl}/ fa_sth(f(qr Z'S)Lyff{pig thy Iqr}:glsignqll sections than
mentioneg simu@tion odels, sinc altgrtelggiig' variant zire_zvailabefoht eg%{frgZ time to serve as
valid "poirits offte@ kel b il g’of al dyo(e rmi dWaH}né fiz S. In principle, use of
the described Hvaniantef i ned 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

10 coincides here wwth the real axis, the axis Xy, u; with

the imaginary axis) are analyzed in ternms of their

statistical distribution. Al &, fromthe total nunber

k, are stored in a nmenory (“stack”) valid for all

further described operation sequences; the nean val ue

15 k2
E2:= (Y &) ke
h2 =1

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

20 oz, 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

25 than one nean val ue, the nodule 6002 is then activated.

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

Ky ko
E2=(2X &u * X & )/( kit k)
30 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



is however not compulsorily bound to a system as in FIG. 3A to 12A resp. 1B, 2B, 3aB, 4aB, 5aB, 6aB,
6bB, 25 7B to 9B resp. 5C and 6C, but can on theafg%ntrary be applied to nearly any part of the entire
field of signal technology. The described normalization on the unit circle of the complex number plane,
wherein for example two signals x(t) and y(t) are amplified 30 uniformly by a factor p* (amplifiers 118,
119 in FIG. 1B) such that the maximum of both signals has a level of exactly O dB, is not necessary in
this case. The value range for the analyzed combination or combinations - or also for any above

function or 70 § I90s of ope or several sig - ord] the inyention comprise the

entire value ra\ﬁ%rlle%o%:hegré’ag &t cgﬁpﬁe% ﬁdrgﬁﬁes p@l}%ﬁweréfgo%{e? g(o%s 5t r\ér%ain limited to the unit
circle. 11 BSRtenBel to%horializé S RBInaHoh FAT MR doRihNionE R 1), f2-(t), fl,-(t) of
at least two sigresis sy @), 82 (13,8(te o¢spd of tham tréwesfdi-tutnctions yz(sa(t)) i2(B2(t)), tm(sm(t)) - or also

tr;e(t;;\bov? fregly %ﬁgmﬁqllg é,%%qg&zgg ﬁ%(t_)t;% f(ﬁeIzgﬁ{it%atglﬁ_éurﬁg%qsgzité@bé##(ﬁ)ﬁg#(t)f %f one sigTﬁI
s#(t) or of_several signals sz#(t), S ,Sj(t) - althou ere is no imperative negessity of doing so, this
normaliza%ion Eﬁ‘ttu tbélrfré’eeﬁf Hg*iﬁgblﬁfglhgfeabq}ﬂ t %ﬂeXﬁ}euﬁo %Ta“ﬁ%%a ttE’é( um vglue of L

and R in the praxéunt exafpk tos0 Wot(amplitiee 118 end aholasavell &&logfeelehent 120 in FIG. 1B),

itis thus pOSSW%% E&fa;'”f('ﬁ*%ﬁ? achkifye atﬂﬂi“’@ﬂiéﬁfd'fa”r @P@@/baﬁi?(ﬂf\ﬁh& ﬁ@@g)})f the Teaﬂ 2? )
square energy._of ea the two.respective chann i.e, for L equal to x# (ti and R equal to y# (tz) on
the basis of th%%slu?ncc[z %4)-' zeazl(g) z%ﬁ:%F()ﬂfﬁF* I X (tgﬁglt Gallss ‘dl'st F' BUI(' oA

fictitiously set as zero in &*:

10 £Y(z2) = (1 / (N(2m) * o))*e W(@-2ne2)

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

15 (which 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

20 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,

25 reference 6007 directly represents the output signa
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,

30 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
35 is outside the interval [-o + &%, &%+ o], in a q'" step



250 and zaz = (1/TI) * | 2## (tz) dt 30 to introduce a normalization with respect to a reference value
zrefaccording to the principle that x# (tz) and y# (tz) each are to be multiplied by the factor ZrefztiZlii)
If this principle is generalized for example accordin%Gto FIG. 7C, this principle can be extended to any
number of signals sj (tt) of the total number 6 (7001), for each of which respectively the mean square
energy is calculated (7002): Ti Zsj (ti) = (1/Ti) * 1 Si (tj dt, 0 10 where again Ti represents the time span
of the time interval ti, and which signals are subsequently multiplied (7003) with a weighting Gj defined

oo e St S e B A, T,
signal inputs si@§Rs2(F$ 502948100 8Rnals SIHD, 1Bs2@B) s5@B 48 tﬁéﬁuﬂﬁoﬁ’nly amplified by
the 20 factor ZeffAad* 2siqRi)pp=tl;andl f@angxdnepigtttansithied td thet modtileFI@6, which -
5aB are in turn connected to the nodul e 6001 and the
5 invariants (constituted at the intersection points &pof
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
10 located in the 1% 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
15 the total nunber kq are added to &w, &w, ..., &g1in a
menory (“stack”) valid for all further described
oper ati on sequences; the nean val ue

Kq

&%= (X &) /kq
20 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
25 their paranmeterizationse;, fi1 (resp. ni), as, P1; @2 f2
(resp. n2), az P25 ..., ©q1, fgq1 (resp. ng1), og1, Pgu

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
30 then activat ed.

The latter cal cul ates the nmean val ue &*of all
intersection points &w, &2, ..., &g Stored in the
st ack:



25 according to the disclosure of the invention - determines the invariants of the combination fF(t) or of
several combinations fqg-(f), fz-(f),f(t) of at least two _sjgnals si(t), sz(t),so(t) resp. of their

transfer-functions t1(s1(t)), t2(s2(t)), 30t5(s6(t)) ~oriso the freely definable function f4(t) or the freely

definablefunctions fg#(f), f?(f), 72 fo#(t) of one signal s#(t) or of several signals s2#(t), s2 (t),

Similar considerations can in particular extend also for example to audio signals according for example
510 ITU-R BS.1770; the modules 7002 to 7005 are then omitted and the signals can be forwarded
directly to the module 7006. Even wh&n analyzing a sj gle suff|C|entIy long time span for a

combination fu(t) or 10severalcomb|nat|ons d#(t) fR#(1),f(t) 8f at least two si nals sl(ff s2(t),s(t) resp.

of their transfer-functionsSt2(s2(¢P, ti(‘SZ(‘E))Ztm%@rﬁ(t)) or S0 for thé (fisely fﬁabkel unction f#(t) or
the freely definable functions fd#(ty 1R#(t), 1bfe#(t) of one siymalls#(t) or of several signals sl#(t),
S2#(t),sj(t) -the invariants according to the disclosure of the invention can be determined and used

specifically in an industrial- tec?nlcal context.(for example for evaluating individu nals or 20
3Btk £ i

processing or &%? dn%nbta ?to|r #aa %5%"6?{19&% etgﬁa'?hc\-fadpﬁ Cation of the
object of the ifjeriien it thus riStWniitedtidehe exaspléDyioen RROLASED ENis DAENRA i, principle

towards the dqesqri,bggigetmnin@gior&ofmy@ri@@%fopgnméicmaé%est to &g |f

this is the case for different paraneterizations, the
paraneterization that appears nost often in the
dictionary is selected. If several paraneterizations

10 appear the sanme nunber of tinmes, 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

15 undergone. If this too applies to severa
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

20 selected fromthe dictionary, the very same 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

25 6002 is within the interval [-o + &%, &%+ o], where >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 &*;

*

30 £ (zg) = (1 / (N(2m) * G))*e—(uz)*(((a*-a*q)Az)/cAz)

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

35 resp. the outputs 6006 and 6007 of FIG 1B are



25 or signal sections of any length according to the disclosure of the invention. 73 Patent Claims 1.
Method for evaluating a combination (f(t)) or sever%ligcombinations (f2-(t), f2-(t),f(t)) of two or more
signals (s2(t), s2(t),sm(t)) resp. of their transfer functions (t2(s2(t)), t2(s2(t)),tm(sm(t))), which can be
represented on the real resp. complex number plane, wherein (s2(t)) represents the function value of
the first signal at the point in time t, (s2(t)) 10 represents the function value of the second signal at the
point in time t, (sm(t)) represents the function value of the 'nth signal at the point in time t, or a freely

definable funcg i(%gg %#r(f[))fl Jg;ﬁqglyé%qu@l% lpgs é@ﬁé‘)éﬁﬁétbﬁaéf ogpn%ﬁgnal (s#(t)) or of

several S|gnals S ch can be'represented on the real resp. complex number

plane, whereir? ﬁt)%p're?é:r]té B fAICEESRANMY (5\°Qhé st it QBEH%U;S&nan time t, (S2#(t))
represents theHuBctiGCvalBef e rtea sec@id Sigagbatnthdipodattl htime pr(s@é&(t))srephesents the

function value gf the, Cr SigRhR & §OIRT BriTRE FhiaFE188dH ekt er ence 6007

5 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

10 processing described 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
15 is outside the interval [-o + &%, &4 o], in a g+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
20 requirenments or a maxi mum 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
25 first nean value &°;, 5002 the second nean val ue &°,
5003 the first Gauss distribution fictitiously set as
zero in¢&*

*

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

whereoc>0represents the standard devi ation, freely

30 selectable 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



25for one or several signal sections (t1, t) the invariants of one function or of several functions of
the combination (f-(t)) or of the 74 combinations (f1-(t), fz-(t),fp-(t)) are determined, or for one or
several signal sections (tz, t2, 5tc) the invariants o 8ne function or of several functions of the freely
definable function (f#(t)) or of the freely definable functions (f2#(t), f?(t), fg#(t)) are determined. 2.
Method according to claim 1, characterized in 10 that for a combination (f-(t)) or several
combinations (f1-(t), fz-(t),fp-(t)) of two or more signals (s2(t), s2(t),sm(t)) resp. of their transfer

functions (t1(s Q,Z} (82(1)), 15tm(sm( i an,he represented.on ealresp. complex number
plane, or aorla_gf%reﬁei/]‘I Ueﬁitggfg%rﬁggﬁﬂ (f (t(S _c?ﬁl reé%?(?effn%b eel’unt((li:?tfi?(g{ns{11 h§§(t), fz#(t),f(t))
fulfills the convergence criterion.

In each case, the result is a paraneterization
¢, f (resp. n), o, B, which supplies a pseudo-
5 stereophonic 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
10 analyzed with the conpl ex nunber plane 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
15 be chosen too snall

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
20 time 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
25 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
30 unifornmly 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



200f one signal (s#(t)) or of several signals (s2*(t), 52#(t),s(2#(t)), which can be represented on the
real resp. complex number plane, for one or sever;;l signal sections (td, tx) the invariants of
one function or of several 25functions of the combin%tion (f-(t)) or of the combinations (f1-(t),
fz-(t),fp-(t)) are determined which, if necessary after appropriate 75 conversion, contain the function
by means of an equation in the form of (Av12 + Bv22 + Cv32 + 2Fv2v3 + 2Gv3v1l + 2Hv1v2 = 0), or for
one or several signal sections (tz, t2, tc) the invariants of one function or of several functions of the

freely definablfzJHlaQtjo&(%S%}F)) F?(rgor%ér it;agz frggb/eqqilnagleﬂl;qu%?rls Qail#(@ tt1)fL’]?gt), fg#(t)) are determined

which, if necessary after ite conversion, contain the function by means of an equation in
the form of (ARLL QTE29: EQ3DNex EPXRNE beR,36MPs LG 8/3 B BNt T \WEhBE according to
claim 1 or 2, charapterdfedt inghatethe iovarconp| ienecassher ajiéraap@opriatectetamersion, can be
represented agpeaneRMPEREPH of iNvefiants: §sPnel YERersQn epe plane which, if necessary after
appropriate conversion, is vertical to the real or complex number plane and crosses the latter, if
necessary after rotation or appropriate

5 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
10 function f*(t) or freely definable functions f.*(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.

15 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 nmean

20 square energy of each of the two respective channels,
i.e. for L equal to x# (t;) and R equal to yx (ti) on
the basis of the sumz; + zgof

Ti
ZLi = (1/Ti) * [ Xy (ti) dt
25 0
and
Ti
zr = (U Ti) * 1 ya (ti) dt
0

30 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



20 conversion, in the diagonals of the 1st and 3' quadrants. 4. Method according to one of the
preceding claims, characterized in that it uses the iﬁ{ersection points of these invariants resp. vectors
with the real 25 or complex number plane, on whic the analyzed combination (21(t)) or the
analyzed combinations (21-(t), fz-(t),fp-(t)) 76 -the analyzed, freely definable function (f#(t)) or the
analyzed, freely definable functions (f2#(t), fz# (t),. ,fg# (t)) if necessary after appropriate
conversion, can be 5 represented. 5. Method according to one of the preceding claims,
characterized in that saidzsignfxls{@z_(t)*s%%) sin(t) resp. s#(t) resp. sl#(t), sz#(t), s#(t) (resp. x(t), y(t)
resp. x# (t), y# (t))) are audfo 10s gnLéIs. (2 Method according to one of the preceding claims,
characterized in that on the basis of the determined invariants or, if necessary after appropriate
conversion, of the intersddtionhpasntpraf 1&ithése invagantsrraksp zeettdsrwighx Hrgpteal or complex

number plane qen Wi if NEFCEPRIY 3teT ARNAPTALE FONKPISIAMIS/BEe lfplssied 1 $he analyzed
combination (f-(t)) or the anal fzed comblnathni‘éf_]g(t), fz-( ,fp-(%? or -th anablyzed, freely definable
function (f#(t)) B%hE'Y Efzeé, frébiginable findticdls F2% ! ),f&#&ﬁer

5

(7001), for each of which respectively the nean square
energy is cal culated (7002):

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

10 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
15 obtained are sunmed 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
20 factor

)
Ziet / (X G * Zsj (ti))
j =1

and for exanple transmtted to the nodule 7006, which -
25 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)), ...,
30 ts(ss(t)) —or also the freely definable function f#(t)
or the freely definabl efunctions f.*(t), f.*(t), ...,



or also on the basis of a selection of these invariants 25 or intersection points, a selection according to
statistical or other criteria is made. 77 7. Methg}?1 according to one of the preceding claims,
characterized in that the analyzed combination (f-(t)) or the analyzed combinations (f1-(t),
fz-(t),fp-(t)) or 5the used two or more signals (s2(t), s2(t),sm(X)) or the used transfer functions
(t2(s2(X)), t2(82(t)), tm(sm(t))), can be represented on the real resp. complex number plane, or
10-the analyzed, freely definable function (f#(t)) or the analyzed, freely definable functions (f2#(t),

fz#(X),fg#(t)) Qr the )Js%ql si%ﬁlgl %#réé»% 5r tc%erg lﬁedO?ingtls gf,:(?%l szﬁ(%ﬁ&p; csa]]m represented on

the real resp. complex number p e normalized as regards their amplitude’or other
properties of tReifst ) 8: Metkﬁﬁd(é&cording to claim 7, characterized in that the normalization occurs
on the basis of the signal level. 209. Method according to claim 7 or 8, characterized in that the

normalization occurs on e R3sis OLBITENRAUY ¢ SRS Wan iLP- MEthre deaprding inene of the
preceding clain]s, ch?racterized ip that . . .
al'so for exanple to audio signals according for exanple
5 to ITURBS 1770; the nodules 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
10 several conbinations f,°(t), f2°(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),
15 ..., 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
20 processing or optim zing 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
25 or signal sections of any length according to the
di scl osure of the invention.



78 fp-(t1)) of two or more signals (si(td), s2(t1), sm(td)) resp. of their transfer functions (td(sl(td)),
t2(s2(t1)),tm(sm(td))), which can be represented o éhe real resp. complex number plane, 5 or

the intersection points (41) of the freely definable function (f4(td)) or of the freely definable functions
(fizt(td), f2*(td),fg#(td)) of the signal (s#(-td)) or of the signals (si)*(td), s2*(td), 10scnti)), which can be
represented on the real resp. complex number plane, are, if necessary after appropriate conversion,
determined by means of the half-plane defined by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
15and (1, 1, 1) and located in the 1st qua teté)&lthew E]Lgx or real number plane, wherein
hereinafter the abscissa axis of the real number plane is identical with the real axis of the complex
number plane, and the ordinate axis of the real 20 number plane is identical with the imaginary axis of
the complex numbet plangtaneldheo theiv agat valge (41:= (1 4011(1 hi =1) 25 is calculated;

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

(fo7(t), f2(t), ..., fp°(t)) of two or nore signals
5 (si(t), sot), ..., sn{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))

10 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

15 freely definable functions (fi*(t), f2"(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

20 the point intim t, (s2,’(t)) represents the function
val ue of the second signal at the point intimet, ...,
(so”(t)) represents the function value of the Q' signal

at the point intimet,
characterized in that

25 - 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



79 fp-(t2)) of two or more signals (s)(t2), s2(t2), 5m(t2)) resp. of their transfer functions (X1(s1(t2)),
t2(s2(t2)),tm(sm(t2))), which can be represented op the real resp. complex number plane, 5 or

the intersection points (4112) of the freely definablé function (f#(t2)) or of the freely definable functions
(N*(t2), f2*(t2),fg#(t2)) of the signal (s#(t2)) or of the signals (s)*(t2), s2*(t2), 10s()*(t2)), which can be
represented on the real resp. complex number plane, are, if necessary after appropriate conversion,
determined by means of the half-plane defined by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)

15and (1, 1, 1panthiocatedmsthefLst(qyadrant ot the complek pr(rep) naimeer plane, and then their
mean value k2 4% ;= IQ 1k2 20h2 = 1) as well as the mean value (4*2) of all intersection points (411i,
4122 k2 deter m ned,

or

- for one or several signal sections (ti, to,
5 ..., 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), fJ2*(t), ...,

f *(t)) are deternined.

2. Method according to claim1l, characterized in

10 that
- 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)), ...,
15 tuse(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))
20 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
25 functions of the conbination (f~(t)) or of the
conbi nations (f1°(t), f2°(t), ..., fp°(t)) are
determ ned which, if necessary after appropriate



+)k2) 25h1=1h2 = 1) are calculated, and, insofar as the mean value (4%) 80 within the interval Ho4*2,
4*2+ 0], where CS represents the fictitious standarg _deviation CS > 0, freely selectable by the user, by
selecting to be matched with (4%) the combination’ (i(t0)) or combinations (f2-(t-e) or f2(t0) or ... or
fp(to)) or signals (s2(t0) or s2(t0) or ... or sm(to)) or the transfer functions (t2(s2(t0)) or t2(s2(t0)) or ...
or tm(sm(to))), which can be represented on the real resp. complex number plane, 10 or -the freely
definable function (f#(to)) or freely definable functions (f2#(t0) or f2#(t0) or ... or fg#(to)) or signals

(s#(t0)) or (s2#@enersAHiin) of onbaBR#(thy, tumalt canbeyepresastedforaihe real resp. 15 complex
number plane, or the.properties or p rameteﬂ/ss@thgse signals or frapsfer functions or combinations or

functions, the SﬂHl%tbr%eéyisté}?d P oRHvide Yrovided Botf mesn vaIfes'@'E 42) have the same
distance to (4’2@v(AL) is ZHsglected @nd, provided the first mean value (41) lies within the interval Ho
4*2, 4*2+ oh by selecting to be matched with (40 the combination (f(t1)) or combinations

or

5 - 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

10 appropriate conversion, contain the function by neans
of an equation in the formof (Avi® + Bv,? + CQvs® +
2Fvavs + 2Gv3vy + 2Hvivy = 0).

3. Method according to claim1 or 2, characterized

inthat the invariants, if necessary after appropriate

15 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 conplex nunber plane and crosses the
latter, if necessary after rotation or appropriate

20 conversion, in the diagonals of the 1% and 3'°
gquadr ant s.

4. Method according to one of the preceding
clainms, characterized in that it uses the intersection
poi nts of these invariants resp. vectors wth the real

25 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



(f1 (t1l)or f2 (t1) or ... or fp(t1)) or signals (s2(t2) 25or s2(t2) or ... or sm(t2)) or the transfer functions
t2(s2(t2)) or t2(s2(t2)) or ... or tm(sm(t2))), which cgn be represented on the real resp. complex number
plane, 81 or the freely definable function (f#?%) or freely definable functions (fd#(td) or f2#(td) or
... or fg#(t)1)) or signals (s#(ti)) or (s1#(ti) or s2#(td) or ... 50r sQ#(ti)), which can be represented on the
real resp. complex number plane, or the properties or parameters of these signals or transfer functions
or combinations or functions, the entire process is ended, otherwise, in a cith step 10the intersection
points (40 of the combinatioe &isény)zedf the sempirsiona 4HIséta), fAt{ta@ifpsd)) 9f)two or more
signals (si(tc/), 52%2&] smlg]t %r sp, of their transfer functigns (t)1(s1(tc0),t (tc,)),tm(sm(tq))),
which can be roerpr 839 \9 fi’e Je%??e@f). §8ﬂ'p%ﬁ£&n & Itahg, Sr eT %ﬁzﬁe intersection points
(40 of the freefy,tiefipable. fupctiqf( @ (ygp) or of the freely definable functions (fd#(tc1),
f2#(tcl),fg#(tc,)) of the signal 20(s#(tcp) or of the signals (s1#(tq), s2#(tq), sQ#(tc,)), which can be

represented on the real resp. complex number plane, are, if necessary after appropriate conversion,
determined by eBRS ©f &/ haltbladie dafipkedrlsy thee conversion, can be

5 represented.

5. Method according to one of the preceding
clainms, characterized in that said signals (si(t),
so(t), ..., sn(t) resp. s*(t) resp. si#(t), s (t), ...,
so*(t) (resp. x(t), y(t) resp. xz(t), y«(t))) are audio

10 signals.

6. Method according to one of the preceding
clainms, characterized in that on the basis of the
determ ned invariants or, if necessary after
appropriate conversion, of the intersection points of

15 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))

20 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
25 or intersection points, a selection according to
statistical or other criteria is nmade.



25 vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and located in the 1st quadrant of the
complex or real number plane, and then their meac/; alue 82 kg 4c, := (4ho kg hg = 1) as well as the
mean value (4*) of all intersection 5points (41,, 41-12f r 4hq klk2Icq Vci:=/ 4hi/+ . +4hqg+ k2 + kg)
=1h2 =1hg=1) are calculated, and, insofar as the mean value (4 )m) 10closest to R*0, where "(if
isequal to 1 or 2 or ... or g, then lies within the interval [-c) + 4*(1,V,1+ where represents the fictitious
standard deviation CS > 0, freely selectable by the user, by selecting to be matched with (pm) 15the

combination (f-(tm))7or cavebinations far(tihgr 22 (omeorof. ariie-(in)g e@ssigngls (s2(tm) or s2(tm) or
... or sm(tm)) or, the transfer funct{'ons t2 thrrp)} %rattZ(SZ(tm)) or ... or tm(sm(tm))), which can be

represented oﬁltﬁ‘é PBal r&G5T aCt er z€

- the anal yzed conbi nation (f “(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t)) or
5 the used two or nore signals (si(t), s2(t), ..., sut))
or the used transfer functions (ti(si(t)), ta(s2(t)),
., tuse(t))), can be represented on the real resp.
conpl ex nunber pl ane,

or

10 - 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)), can be
represented on the real resp. conplex nunber plane,

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

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

signal |evel.

20 9. Method according to claim7 or 8, characterized
in that the normalization occurs on the basis of nean-
squar e energy.

10. Method according to one of the preceding
clainms, characterized in that

25 - the intersection points (&, of the conbination
(f"(ty1)) or of the conmbinations (fi°(t1), f2°(ts), ...,



20 complex number plane, or the freely definable function (f#(tm)) or freely definable functions
(fg#(tm) or f2*(tm) or ... or fg#(tm)) or signals (s/((tm)) or (s2*(tm) or s2*(tm) or 83 ... or So#(tm)),
which can be represented on the real resp. comple€x number plane, or the properties or parameters of
these signals or transfer functions or combinations or functions, the 5 entire process is ended,
otherwise for the same mean value of various -combination (f-(ts)) or combinations (ft-(ts),
f2-(fs),fp-(ts)) or signals (s1(ts), s2(ts), sm(ts)) or the transfer functions (t1(s1(fs)),

10t2(s2(ts)), tmi(sni(fs))), vaich wen e reprasesiterhan $he saaktresp. semplex number plane, 1sg, or

freely definable f ion (fggtb) or ree definable fynctiops (f1* f2*(t1) fg# r 15signals (s#(tC)
or Signale (si(’s(‘(éj,%qc)? p(tb) *¢dn 15 ?&?regén eldr(b%ﬁ (g & pg]é([)[rﬂ'/}g}ex number plane,
1tq, tao(s2(te)), ..., tm(sm(tl))), whi ch can be represented on

the real resp. conpl ex nunber plane,

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t1), f27(ts), ..., f,(t1)) of the signal
(s*(t1)) or of the signals (s:*(t1), s2*(ti), ...,

10  s.*(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 hal f-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)

15 and (1, 1, 1) and located in the 1% quadrant of the
conpl ex or real nunmber 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
20 nunber plane is identical with the imagi nary axis of

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

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

25 is cal cul at ed;

- the intersection points (&) of the conbination
(f"(ty)) or of the conbinations (fi1°(t2), f27°(t2), ...,



or the properties or parameters of these signals or transfer functions or combinations or functions,
those 20 signals or those transfer functions or those combinations or those functions or those
properties or parameters are selected that so far a?g%eared with the highest frequency, otherwise,
insofar as several signals or transfer functions or combinations or 25 functions or their properties or
parameters occur with the same frequency, those are selected that exhibit the widest scattering, i.e.
those for which the difference d - ¢ is maximum, where d represents the last and c the 84 first index
number of thefopt{rizatioofstepwraspentivaly sindatgone( stiienyise sh{his oo applies to several
signals or transfer, fynctions or combjnations or functions,or their properties or rameters, the first
one that appegl‘g fs2 r})IeEFe%P otHe rwgéel'f fwd H?éé#\%luééjf}Sﬁf é’lﬁéﬁdﬁﬁlﬁé alPoSe to (4*,), insofar
as in a g-lth step(@né of)the two mednfalfiesyeIp. thbir abseaatedesigregls es eansidr fumctions or
combinations or functigns or their 10 properties or parameters is selected, the very same ones are
retained and, ﬁlﬁgf:{r%a%lthg sgepéctecé) ﬁ?(ceig%xva be |%ern I%sav%ﬁhin the interval Ho +¥/q+ 01, where CS
represents the fictitious standard deviation CS > 0, freely selectable by the user, by selecting to be 15
matched with this mean value the signals or transfer functions or combinations or functions or their
properties or parameters, the entire process is ended, otherwise a g+lth step in the same form as
represented for the Cith step is performed and the process is 20 repeated as long as necessary until
one mean value fulfills therabavetregeisemeots @oi maxingR) npimheiof fatleweg optimization steps

has been reacheg, or in tha . _the iptersection points (4) of the combination 25(f(t1)) or of the
combinations 8?-([1 ablt(ﬁ)} Wff)} 8]“'[V\§J] E)?‘ trﬁegcge &bn 1 (E &1)': %Eébf #ﬁiﬁ?@i{% of their transfer
functions (t1(sfL(iddk 12B2(t10 HGi(1).fwhieh can be representsd opfthe realgpgmagomplex number
plane 4 . # #
(s”(t2)) or of the signals (si"(t2), s2"(t2), ...,
10  s.*(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 hal f-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)

15 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= (X &)l ke
20 h, = 1)
as well as the nmean value (&*) of all intersection

poi nts (&m, &z

ky ko
E2=(X &m * X & )/(k+ ko)
25 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



85 the intersection points (41) of the freely definable function (f4(tm()) or of the freely definable
functions (fi#(ti), f2*(ti),fg#(tm()) of the signal (s#(ti)) or of the signals (si#(td), s2*(td), 5(2*(t1)), which
can be represented on the real resp. complex hum %r plane, are, if necessary after appropriate
conversion, determined by means of the half-plane defined by the vectors (1, 1, -2) and (1, 1, 1) or
also (-1, -1, 2) 10and (1, 1, 1) and located in the 3' quadrant of the complex or real number plane,
wherein hereinafter the abscissa axis of the real number plane is identical with the real axis of the

complex numhgrimane, tangl thetaselingte pxis of the,regk NUMPET plameris identical 15 with the
imaginary axis of the complex number plane, and then their mean value ( 4):= (141)11(1 hi=1) 20 is

calculated; ' ePheSRkRrSediBR Jditsi (1R Pyfineidnssh&icieM @) BRofte Sombinations (f1-(t2),

f2-(t2), fp-(12))rqf dwppr Seprectianale (H1(t3)h 824 PM(K)) rareOf thed Franger functions (t1(s1(t2)),
25t2(52(t2)),tm(5tm('h2)) : w_hticr? %%n Sae represented on the real resp. complex number plane,
mat ched wi %

5 - t he conbination (f~(t,)) or conbinations
(f17(ty) or fo°(ty) or ... or fy,°(ty,)) or signals (si(ty)
or sy(ty,) 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. conplex nunber plane,

10 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.
15 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

20 selected and, provided the first nean value (&%) lies
within the interval [-o0 + &%, &%+ 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)
25 or sy(ti) or ... or syti)) or the transfer functions
ti(si(ty)) or ta(s2(ty)) or ... or tossts))), which can

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



86 the intersection points (4112) of the freely definable function (#(t2)) or of the freely definable
functions (f2#(t2), f2#(t2),fg#(t2)) des Signals (s#(téi) of the signal (s#(t2)) or of the signals (s2#(t2),
S2#(t2),sQ#(t2)), which can be represented on theteal resp. complex number plane, are, if necessary
after appropriate conversion, determined by means of the half-plane defined by the vectors (1, 1, -2)
and (1, 1, 1) or also (-1, -1, 2) 10and (1, 1, 1) and located in the 3' quadrant of the complex or real
number plane, and then their mean value k2 42 := () 1k2 15h2 = 1) as well as the mean value (4*2) of
all intersectiorppoints (4111,, 41,2 k2 +)k2) 20h1=1h2=1) are calculated, and, insofar as the mean
value (4%) closest to (4*2), where u is equal to 1 or 2, then lies within the interval Ho + 4*2, 4*2+ 01,

where CS
- 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

5 or s(ti)), 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

10 - 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{tq)) resp. of their transfer functions (ti(si(tq)),
to(sa2(tg)), ..., ta{Sn{tg))), which can be represented on

15 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

20 (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

25 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

(



represents the fictitious standard deviation CS > 0, 25 freely selectable by the user, by selecting to be
matched with (4%) 87 the combination (f-(t0)) or cggnbinations (f1-(t-e) or f2-(t0) or ... or fp-(to)) or
signals (sl(to) or s2(t0) or ... or sp(to)) or the transfef functions (t)1(s1(t0)) or t2(s2(t0)) or ... or
tm(sm(tu))), which can 5 be represented on the real resp. complex number plane or the freely
definable function (f#(-4)) or freely definable functions (f1*(t0) or f2#(t0) or ... or fg#(to)) or signals
(s#(to)) or (s1*(to) or s2#(to) or ... 100r s(2*(to)), which can be represented on the real resp. complex
number plane, or the propertiesiqr parameters of these signals or transfer functions or combinations or
functions, the entire process is ended, otherwise, provided both mean 15 values (41,42) have the
same distance to (4*2), (ﬁlq)zlzs éeﬁe&@d? a{n%‘ﬂ provided the first mean value (40 lies within the interval
Ho + 4*2, 4*2+ oh by selecting th,be mpatched with (40 the combination (f-(t1)) or combinations 20(f1
(t1)or f2 (t1)or ... or fp-(t1)) or signals (s1(t1) or s2(t1) or ... or sp(tl)) or the transfer functions
()1(s1(t1)) or t2(s2(t1)) or ... or tm(sm(tl))), which can be represented on the real resp. complex
number planeasr 2&thk fiely Hefimetde fivadtioa (4(t3))@r al | intersection

5 points (&u, &2, ..., &ng
K1 ko Kq
= (X &m + 2 &ut ... +3% &g )/ ( kit ka +..kg)
h]_:l h2:1 hq:].)

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

10 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 (&)

15 - the conmbination (f "(tw)) or conbinations
(f1"(tw) or fo2°(tw) or ... or fp"(tw)) or signals
(si(tw) or sy(tw) or ... or sytw)) or the transfer
functions (ti(si(tw)) or ta(s2(tw)) or ... or

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

20 conpl ex nunber plane,

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



freely definable functions (f1*(t1) or f2#(ti) or ... or fi),*(t1)) or signals (s#(t1)) or (s1*(t1) or s#(t) or ...
88 or s(t)i))), which can be represented on the real resp. complex number plane, or the properties or
parameters of these signals or transfer functions o? ombinations or functions, the entire process is
ended, otherwise in a cith step the intersection points (40 of the combination (f1(tq)) or of the
combinations (f1-(tq), f2-(tx0Of fp-(tq)) of two or more signals (si(tc/), 52(tx1), sm(tq)) resp. of their
transfer functions (t)1(s1(tc0), 10t2(52(tq)),tm(sm(tq))), which can be represented on the real resp.

complex number plane, orthe intersection. pai 4,) éﬂ}e freel fi l%l)e tion (f4(tcp) or of
the freely defihable% fusﬁ%égr?ﬂfd# tci)%&%ﬁ)ﬁ?&#( C, o?%f?g' gi%%afqﬁs#?% gr%(%(fthe signals
(s1#(tcp, s2#(tcps pQ#onhIvexcimaab de neprasented on the real resp. complex number plane, are, if
necessary after appropriate conversion, 20 determined by means 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
complex or re@'nuriesIaRer AnthedrtheRr et ealse Pckyegeshbkgal s or

transfer functions or conbinations or functions, the
5 entire process is ended, otherwi 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), ...,
Sr{ts)) or the transfer functions (ti(si(ts)),
10 to(s2(ts)), ..., tusts))), 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

15 signals (s*(ty)) or Signale (si*(tv, s*(ty, ...,
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
20 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
25 functions or their properties or paraneters 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



hq =1) 89 as well as the mean value (V) of all intersection points (41,, 41-12f r 4hq k1k2IC) :=+1i2+
+4hgk2 kq) 5111 = 1h2 = 1hq = 1) are calculated, gnd, insofar as the mean value (4m) closest to
(Va)r'(if whereis equal to 1 or 2 or ... or g, then lies \ff/ithin the interval [-c() + Vq,V,1+ where
represents the fictitious standard deviation CS > 10 0, freely selectable by the user, by selecting to be
matched with (pm) the combination (f-(tm)) or combinations (f1-(tm) or f2-(tm) or ... or fp-(tm)) or
signals (s1(Xm) or s2(Xm) or ... or sm(tm)) or the transfer 15functions (t1(s)(Xm)) or f2(s2(Xm)) or ... or

tm(sm(tm))), whieks cai hearprasentad o theeead pesmicomplexngmdes plane, or the freely definable
function (f#(tm)) or 20freely definable functions (f)*(Xm) or f2*(tm) or ... or fg#(tm)).or signals (s/((tm))
or (s)*(Xm) or%%f(ﬂﬁﬁ{drvgl y undler gone, o(t h{erV\z se 1 ?mt)hl § P00 a{ppa ies

to several signals or transfer functions or
conbi nations or functions or their properties or

5 paraneters, the first one that appears is selected,
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

10 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

15 matched 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

20 repeated as long 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
25 (f~(ty)) or of the conbinations (fi°(ti), 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

30 or



.. or 5()*(tm)), which can be represented on the real resp. complex number plane, 90 or the properties
or parameters of these signals or transfer function;iir combinations or functions, the entire process is
ended, otherwise for the same mean value of vari -combination (f-(ts)) or combinations (f1-(ts),
f2-(ts),fp-(ts)) or signals (sl(ts), s2(ts), sm(ts)) or the transfer functions (tt(st(ts)), t2(s2(ts)),tm(sm(ts))),
which can be represented on the real resp. complex number plane, 1sq, 10 or freely definable function
( f# (tt) ) or freely definable functions ( ft# (th)f 2# (t-1) , . .. ,(tt) ) or signals ((tt) ) or signals ( st# (

t)s2# (1) 1 SQX(t)b), Mbieean Secepiasepincher thesabesphis £pBwIgx number plane, 1tq,
or the propertles or é)arameters of these SId nals or transfer functions or combinations or functions,

those signals 98fhoR8 % dhstettbhtdhs(dr Mo@@ cShbiRbtbRe of fHaRYuAEIdHER Rose properties

or 20 parametg(fafg gaiected that o far q;xred with theﬂqlgtﬂpyt Beayencys pg}%wlse insofar as
several S|gnals of transfer functions or combinations Qr functlons or their properties or parameters

occur with the (Sirhé #idquincg tHode a7k $BRIcked ﬁiaﬁ Ehibitthd b8)widest scattering, i.e. those for

which thegjlffeggr(qelyi)- C IGHNPHMeah Weereahrapsesaryd thalashand edhe fissigndex number of the
optimization ste gsr ﬁ%:ctlv undergone, otherwise if this too applies to several signals or transfer
b

functions or 3¢ tONE ST FulctonS or their properties or

are, if necessary after appropriate conversion,
determ ned by neans of the hal f-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)

10 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

15 wth the imginary axis of the conpl ex nunber pl ane,
and then their nmean val ue (

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

20 is calcul at ed;

- the intersection points (&) of the conbination
(f~"(t2)) or of the conbinations (f17°(ty), f27(t2),
fp"(t2)) of two or nore signals (si(t2), sa2(ta),

Sr{tz2)) resp. of their transfer functions (ti(si(tz2)),
25 ta(s2t2)), ..., tu{sw{t2))), which can be represented on
the real resp. conpl ex nunber plane,

or



91 parameters, the first one that appears is selected, otherwise if two mean values from (41,42,...,40
are close to (4*,), insofar as in a g-lth step one of t% two mean values resp. their associated signals or
transfer functions or combinations or functions or t gir properties or parameters is selected, the very
same ones are retained and, insofar as the selected mean value then lies within the interval Ho +vg+ 0
1, where CS represents the fictitious standard deviation CS > 10 0, freely selectable by the user, by
selecting to be matched with this mean value the signals or transfer functions or combinations or

functions or their propertiereorinarametarsi b8 §BiraPs0qess)isogndatk ofheralise a g+ith step in the
same form as represented 15 for the Cith @E is performed and the process is repeated as long as

necessary untShe 1R84S VARRFLIFAS thd ablowke) reflir@hehfEor & FELIMERT hixABEFof allowed
optimization sﬁmd}qsdwga%m@t@mggi., f ,*(t13}. Method qcﬁp@pg taosegfdpgpgeceding 20 claims,
characterized in that the intersection points (41} of the sum of the complex transfer functions
(fix(t)] = [x(td)k& 2f ek Py dritfgi5t N [ykeh/ARD + BY oPthel iret 98RAISx(ti), 01-(t1)), which can
be represgnted 9y the)25 egffplex or real nyher Hlipne wne drterainass i rgnassant after appropriate
conversion, by means of the half-plane defir]ed by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) a8 163 Ked ?r‘fﬁherf RyuatPA Pt UBRBTePb A& number plane, 30 wherein

hereinafter the abscissa axis of the real number plane is identical with the real axis of the 92 complex

number plane :f\%d ti]q:or j € &X of&p{aéf}aleﬁgp Fr‘l pe i%' | §|-V&iH1 the imaginary axis of the
complex numk?er plane, an%l?ﬁen tﬁzir mean va (%‘E{S::Q(I 41)11 1%?2‘1) ’
determ ned by neans of the hal f-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
10 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
15 h, = 1)
as well as the nmean value (&*) of all intersection
poi nts (&m, &2
K1 ko
E2=(X &u * X &)/ (kit ko)
20 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,

25 freely selectable by the user, by selecting to be
mat ched wth (&)



is calculated; the intersection points (2) of the sum of the complex transfer functions (flx(t2)] =
[X(t2)/A/ 2] * (-1 10+ i) and gly(t2)] = [Y(t2)/A/*+ 1)) % the paired signal (x(t2), Y(t2)), which can be
represented on the complex or real number plane, dre determined, if necessary after appropriate
conversion, by means of the half-plane defined by the vectors (1, 1, -2) and (1, 1, 151) or also (-1, -1,
2) and (1, 1, 1) and located in the 1st quadrant of the complex or real number plane, and then their
mean value ( k2 42) k2 20h2=1) as well as the mean value (4*2) of all intersection points (4111,, 41,2

k2 +)k2) 25h1=1h2 = 1) argcat@hatedatndnnsefar &9 thegnean yplueddon93 within the interval Ho
+ 4*2, 4*2+ (5](1, where CS represents the fictitious standard deviation CS > 0, freely selectable by the

user, by selectihg thé QigRals{((to or yRE)) -or traP&fdriuhktibhs 9154l [Rt (BAl Bp(-1 + i) or ity(to]
= [y(t0)/ 2] * (1t i)iz(tu) or ... or spty,)) or the transfer functions

(ta(si(ty)) or ta(s2(ty)) or ... or tosnty))), which can
5 be represented on the real resp. conplex 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
10  or sJ(ty,)), 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
15 values (&°1, &%) have the sane distance to (&%), (&%) 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

20 (f1°(ty) or fo°(ty) or ... or fy°(ty)) or signals (si(tyi)
or sp(ti) or ... or sp(ti)) or the transfer functions
(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

25 - 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 sums of these transfer functions or specific properties or parameters of these signals or transfer
functions or sums to be matched with (4%), the enfjre process is ended, otherwise, provided both
mean values 10(41,42) have the same distance togfa*Z) (41) is selected and, provided (4].) lies within
the interval [ 4*2, 4*2+ oh by selecting signals (x(ti) or y(ti)) or transfer functions (flx(ti)] = [x(ti)/A/ 2]
* (-1 + i) or gly(ti)] = [y(t2)/A/* (1 + 1)) or sums of these 15 transfer functions or specific properties of
parameters of these signals or transfer functions or sums to be matched with (41), the entire process
is ended, othem/isgg#( ti)), Wha é}ithcsiep be ripreestinn @oirga (4)hef 2ktle suws S the complex

transfer function %t%)gu ,'E‘é étge)mA/ 2] * (-1 +i) and gly(tg)] = [y(tg)/A/ 2] * (1 + i) of the paired signal
(x(tq), y(tcp), v%) Y 835N the complex or real number plane, are determined, if

necessary after approprlate conversion, 25 by means of the half-plane defined by the vectors (1, 1, -2)

and (1 1, 1) opAIS0iel o RAd € Trd) AKHARAIERIN e Lpiadirgeibe gomplex or real

number plane, and then their mean value (' 94 kg Oqg:=4ho / kg hq =1) as well as the mean value (V)
of all intersectiongstsihRr (4R YNci 1 QQ&lOIq CiKe) -hetlizons Ah nq{d)onith-hth 1)

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

- 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(tg),

S{tg)) resp. of their transfer functions (ti(si(tq)),
10 ta(s2(tg)), ..., tusmty))), 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
15 functions (fi*(tg), f2"(tg), ..., f./(tg)) of the signal
(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,

20 determ ned by neans of the hal f-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

(

25 Kq

&= (X &) / kg
hy =1)



are calculated, and, insofar as the mean value (4 )m) 10closest to (VO, where "(if is equal to 1 or 2 or
... Or g, then lies within the Interval [- + 4*(1,V,I+ ], é\/&ere represents the fictitious standard deviation
CS > 0, freely selectable by the user, by selecting Signals (x(tm) or y(tm)) or transfer functions (flx(tm)]
= 15[x(tm)/A/ 2] * (-1 + i) or gly(tm)] = [y(tm)/A/ 2] * (1 + 1)) or sums of these transfer functions or
specific properties or parameters of these signals or transfer functions or sums to be matched with
(4m), the entire process is ended, otherwise in case of the same mean 20value of different signals
(x(ts) or y(ts)) & tragsier Aanativas ks)l allxEs) (A+Ql of-1at D) or givdisskee (N(VAl 2] * (1 + 1)) or
sums of these transfer functions or specific properties or parameters of these signals or transfer
functions or st M <y, (tﬁmseéz%igna-ls (x{(’m) or y(ts)) or transfer functions (flx(ts)] = [x(ts)/A/ 2] *(-1 +
i) or gly(ts)] = [y(ts)/Al 2] * (1 + I)) or sums of these transfer functions or specific properties or
parameters of these signals or tr%nsfer 95 functions or sums gre selected that so far appeared with
the highest frequency, otherwise, insofar askés several signals'(k(ts) or y(ts)) or transfer functions

(fix(ts)] = [x(ts)/A/ 2] *(-1 &) or gly(te)] =+ YES)&Y 2] * (1 + i} Br styn$ of these keansfekfunctions or

specific properties or parameters of these sH;n_alls or transfer thnc_tici S or sums occur with the same
frequencﬁ those signals (x(ts) or'}}(t‘sﬂ) or 27 q-

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 ¢ >
10 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
15 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
20 freely definable functions (f.*(tw) or f,*(tw) or ... or
f*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or

or so(tw)), which can be represented on the real

resp. conpl ex nunber pl ane,



Transfer functions (flx(ts)] = [x(ts)/A/ 2] *(-1 + i) 10or gly(Ta)] = [Y(T) /Al 2] * (1 + 1) ) or or sums of
these transfer functions or specific properties or p meters of these signals or transfer functions or
sums are selected that exhibit the widest scatterin | e. those for which the difference d - c is
maximum, where d 15 represents the last and c the first index number of the optimization steps
respectively undergone, otherwise if this too applies to several signals (x(ts) or y(ts)) or transfer
functions (flx(ts)] = [x(ts)/A/ 2] * (-1 + i) or g[y(ts)] = [Y(ts)/A/ 2] * (1 + 1)) or sums of these 20 transfer
functions or spacificheropedissr ari payameteyarai eessa signalsto‘fémsi;erg‘uac@rm or sums, the first

one that appears resp. its si nais.r(ﬂgs) or Y&é) ar transfer functig s(flxgah é Al 2] * (-1 +i) or
gly(Ta)] = [Y( )/ﬂpﬁ ’8(1 )&Cd of 96 t err%fePﬂ%c%n Bpgb 8 ﬁﬁtles or parameters
of these S|gnatsncbn trqueroﬁuesﬁorhsoesnded areskhkected; ettiervidd) ef t&mneema/alues from

are close to (4* éOf as.in ag th step one of the two mean values resp. their associated

30signals (x(t) or yli ) or transfler Punctlons (fIx()] = [x()/A/ 2] * (-1 + 1) or g*Ly(t)] = [y(t)/A/ 2] * (1 + 1)) or
sums of these transfer functions or specific 96

5 - conbi nation (f“(ts)) or conmbinations (fi1°(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,
10 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.

15 complex number plane, 1 <1 < g,

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
20 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 paraneters occur wth
the same frequency, those are selected that exhibit the
25 wi 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

30 conbinations or functions or their properties or



properties or parameters of these signals or transfer functions or sums are selected, the very same
ones are retained, and, insofar as the selected mean value then lies within the interval Ho + ], where
CS 5 represents the fictitious standard deviation CS™> 0, freely selectable by the user, by selecting to
be matched with this mean value the signals (x(t) or y(t)) or transfer functions (flx(t)] = [x(t)/A/ 2] * (-1 +
i) or gly(t)] = [y(t)/Al 2] * (1 +i)) or sums of these 10 transfer functions or specific properties or
parameters of these signals or transfer functions or sums, the entire process is ended, otherwise

a q+tlth step inghe sapieciosm aheepreseited e thegth sapeisrperfasmed angt e, process is 15
repeated as long as necessary until one mean value fulfills the above requirements or a maximum

number of alloNESMriZation SHBsTRAHYEH HERhEHOS that S 2 - S ah&@frRedefién points (41)
of the sum of g % } plexdemaferdynetipns (@ :sﬁxéf)/b\f‘@] of-1thd anglolwébid = [y(t)/Al+ 1))
al (x e

of the paired sign 1), 07(t1)), which can be, reEresen_t on the complex ar real number plane, is

determined, if WabE&Sar) &8r abPRIpriafs EaNELRY, BY AR Githt 2&Ne{i€Plane defined by the
vectors (I5 1, f20@edi(@n$, brorcd)adi(datl.chanst (1 dné) aaddocated iethe 3rd quadrant of the

complex or real number, plane wherein hereinafter the z?absciss axiiof the real number plane is

identical with REFBEI §:4i€8f He BRI furhBerflafi! &9d e Srdifit¥ SRSt the real 97
number plane ohgkendical wigh Hienethgimaly axissof the casmplax nsigibes tpdahay@ad then their mean

value (4):=(l 3%}1&(§1then lies within the interval [-oc + &*; &%t
o &%t o],

where crepresents the fictitious standard deviation ¢ >

10 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

15 for the q'" step is perforned 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 oned optim zation steps has been reached.

11. Method according to one of the preceding
20 clains, characterized in 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

25 conplex 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,

30 wherein hereinafter the abscissa axis of the real
nunber plane is identical with the real axis of the



5hi =1) is calculated; the intersection points (2) of the sum of the complex transfer functions
(fIx(t2)] = [x(t2)/A/ 2] * (-1 + i) and gly(t2)] = [Y(t2)/A/*+ 1)) of the paired 10signal (x(t2), Y(t2)), which
can be represented on the complex or real numbe Blane, are determined, if necessary after
appropriate conversion, by means 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 15 3' quadrant of the complex or real number plane, and
then their mean value ( k2 42 := () 1k2 h2 = 1) 20 as well as the mean value (4*2) of all intersection
points (411i, 42¢AK2exkalihbethdFdned aedaltidateddandt igsefar asdiie mean e (4%)
closest to ();*2), where u is equal to.1 or %.then lies withjn the. interval Ho44'2,.44'2+f(5], where CS 98
represents the fi 6Us %h’be%arH %eblﬁ%g 'C9§|> d}"fﬁ%l)}rb&eh%% B{?‘We 3§ér§ b9 selecting the
signals (x(t)0) thg(ty@)irpl eansiemberctipharfix(t)gdhd [kte VA 2 (-1regdrongtLu@d € [y(to)/A/ 2] * (1
+ 1)) or sums of these transfer functions or specific properties or parameters of these signals or
transfer functions or

ks
5 1= (2 &m) Tk
hy :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

10 + 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,

15 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
20 h, = 1)
as well as the nmean value (&*) of all intersection
poi nts (&mw, &2
K1 ko
E2=(2X &u * X &)/ (kit ko)
25 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



sums to be matched with (4%), the entire process is ended, otherwise in a Cith step, the intersection
points (4) of 10 the sum of the complex transfer functions (flx(tg)] = [x(tg)/A/ 2] * (-1 + i) and gly(tg)] =
[y(tg)/A/ 2] * (1 + 1)) of the paired signal (x(tg), y(tg%, which can be represented on the complex or real
number plane, are determined, if necessary after appropriate conversion, 15 by means 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 1st quadrant of the complex or real number plane, and then their mean value ( kg 20q9:Q 4hq) kg

hg = 1) as welhps Higqnmega Vahie (4/30f giLipterseetionpoints) (41dfhef t12,41-1q, k1k2lcq 254*q :=(/
4hi/lh2+ .+4hgk2 10, h1=1h2 = 1hg =1) 99 are calculated, and, insofar as the mean value (42m)
closest to (4*,), WHePE @i i8 dofu@l fd £k bigus o?tq?ﬂ#@fIdesd\mﬂhiﬁtth@rlht@ﬁal%o4*," vg+ (5], where

CS representsg thedjafitiges sengdprédpyiatior Gz 0, fieglsegleetablegby Kie usejnby selecting-
signals (x(tm) or y(tm)) or transfer functions (flx(tm)] = .
(x(ty) or y(ty)) or transfer functions (f [x(ty)] = [x(t,

5 )/N2] ¢ (-1 +i0) or gily(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, provided both nmean val ues

10 (&°,&%) have the sanme distance to (&%), (&%) is
sel ected and, provided (&%) lies within the interval [
-0 + &%, &%+ o], by selecting signals (x(ti) or y(ti))
or transfer functions (f'[x(t1)] = [x(t)/V 2] * (-1 + i)
or g'[y(ty)] =[y(t)/¥2] * (1 +i)) or sums of these

15 transfer functions or specific properties of paranmeters
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
20 the sumof the conplex transfer functions (f'[x(tgq)] =
[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,
25 by nmeans 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 (



[X(tm)/A/ 2] * (-1 + r) or gTy(tm)] = [y(tm)/A/ 2] * (1 + 1)) or sums of these transfer functions or specific
properties or parameters of these signals or transf 210 functions or sums to be matched with (4m),
the entire process is ended, otherwise in case of the' same mean value of different signals (x(ts) or
y(ts)) or transfer functions (fIx(ts)] = [x(ts)/A/ 2] * (-1 + r) or gly(ts)] = [Y(ts)/A/ 2] * (1 + 1)) or sums of
these transfer 15 functions or specific properties or parameters of these signals or transfer functions or
sums, 1 s g, those signals (x(ts) or y(ts)) or transfer functions (fIx(ts)] = [x(ts)/A/ 2] *(-1 + r) or gThi(ts)]
= [Y(ts)/A/ 2] * (1 + 1)) or sums ofghese transfer functions or specific 20 properties or parameters of
these signals or transfer functions or sums are selected that so far appeared with the highest
frequency, otherwise, Insofar abas S (ak%ignals (X(ts) or y(ts)) or transfer functions (flx(ts)] =
[X(ts)/A/ 2] (-1 + 1) or gly(ts)] = 2B[y@s)yA/ 2] * (1 + 1)) or sums of these transfer functions or specific
properties or parameters of these signals or transfer functions or sums occur with the same frequency,
those signals (x(ts) or y(ts)) or Transfer functions (fIx(ts)] = [x(ts)/A/ 2] *(-1 + r) 30or gly(ts)] = [Y(ts)/A/
2] * (1 + 1)) or assweklof asedend O0aEM s fuact{dris) oradperific propenesdripanameters of these
signals or transEelrrWrgct' s of sums are sgelected that exhibit the widest scattering, i.e. those for which

the differehce B! sSmasimu 2where'd ="’

ke ko Kq
Eq= (2 &u * X &ut ... +X & )/( kit ka2 +..ky),
h]_:l h2:1 hq:].)

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

10 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 signals

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

15 [x(tw)/N 2] * (-1 +i) or g'[y(tw)] = [y(tw)/V 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

20 value of different signals (x(ts or y(tg) 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

25 signals (x(tg9 or y(tg) or transfer functions (f [x(tg]
= [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



5 represents the last and c the first index number of the optimization steps respectively undergone,
otherwise if this too applies to several signals (x(ts) or y(ts)) or transfer functions (flx(ts)] = [x(ts)/A/ 2] *
(-1 + i) or g[y(ts)] = [y(ts)/A/ 2] * (1 + 1)) or sums of these 10 transfer functions or specific properties or
parameters of these signals or transfer functions or sums, the first one that appears resp. its signals
(x(ts) or 0/(td)) or transfer functions (flx(ts)] = [x(ts)/A/ 2] * (-1 + i) or gly(ts)] = [y(ts)/A/ 2] * (1 +i)) or
sums of 15 these transfer functions or specific properties or parameters of these signals or transfer

functions or symaere selectad, sthaywiges ifdwlogpead vahes feamf ar app@se stpse to (440, insofar
asina(4_12h steﬁ(one of the two mean values resp. their associated ZOfrsT%nals (x(t) or y(t)) or transfer

{ (%))l‘i 2’]“*%-[1%5) rrge‘ﬂk}ﬁﬂg fy(t /tAi/“%ﬁ W(fg’i))'d}ss% ofthe&8 transfer functions

functions (fIx(tW=
or specific propextiesair psirgmearers of thepe signals gntransferfanetians érusisns argsselected, the
very same ones are 25 retained, and, insofar as the selected mean value then lies within the interval

Ho +4,4v CS I{ ivi&fd €3 r_epié%fetm)s/ tNeZlctifioud sthntiakd d&Viafioly €655 OTfreely selectable by the
user, by sgalectivﬁ {c%t;e\/ tcheq with tpi{s))n;fﬁn ¥ WE tgg s{q@%(ﬁ(p gﬁé/‘té)rSOOr transfer functions
*T1+1 (ty/ [

(flx(t)] = [x()/AT or gly(t)] = [y 2] * (1 +1)) or sums of these transfer functions or specific
properties or gaitaticterss101 osesefdigndls opaahsfes fictipas arsuarss tld ehtessrocess is

ended, othe'Wi§&;na1 s or transfer functions or sums occur with the
sanme frequency, those signals (x(ts or y(tg) or
Transfer functions (f'[x(t9] = [x(t9/V2] * (-1 +i)

10 or g'[y(t9] = [y(t9/N 2] * (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

15 represents the last and ¢ the first index nunmber 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

20 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 gy(tg] =[y(t9/N2] * (1 +i)) or suns of

25 these 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

30 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



a g+lth step in the same form as represented for the qth step is performed and the process is 5
repeated as long as necessary until one mean valﬁe fulfills the above requirements or a maximum
number of allowed optimization steps has been re c,ﬁned. 12. Method according to one of the
preceding claims, characterized by the additional use of 10 compression methods or data reduction
methods or other selective evaluation methods. 13. Device with means for evaluating a
combination (f-(t)) or several combinations (f1-(f), fz-(f),fp-(t)) of 15two or more signals (s2(t),

s2(t),sm(t)) resp.cd¢heir transfier penciions €i2¢s2(f)) ttRE4L) s itapisn§) ) brwhich wahdre represented on
the real resp. com hex number plane, wherein ﬁs%ﬁ?)sgpr j?ents the function value of the first signal at
ue

the point in ti &d ] @Qﬁ))qrepﬁe%%tsa{h% fofict the/ géé(oﬁoa%ngpfﬁhgrp%int in time
t,(sm(t)) represattaitimetynciind vaiuesof the raat theepaset ie ¢inelt, e 2> mesinsdot healuating a freely

Soveral signalb (550, SO0 L1, WHGH YA bb- £02 répfesantooh tnd M Fatp. complex number
plane, whereiry (527 @RaapEESENES thedtneligruyalye of dee trsisignal pbieqpsinpln time t, (s2%(t))

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

10 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
15 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
20 conplex transfer functions (f'[x(t1)] = [x(t)/N 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
25 hal f-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'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
30 conplex nunber plane, and the ordinate axis of the rea



represents the function value of the second signal at the point In time t,(sQ*(t)) represents the function
value of the c)th signal at the point In time t, charazéfrized by means for determining the invariants of
one 10 function or of several functions of the combination (f(t)) or of the combinations (f2-(t), fz-(t),
fp-(t)) for one or several signal sections (td, t2, ty), or 15means for determining the invariants of one
function or of several functions of the freely definable function (f#(t)) or of the freely definable functions
(f2#(t), f2(t),f(t)) for one or several signal sections (td, t2,t). 2014. Device according to claim 13, with
means for evaluatingra poabinationi (B&nt arczdvevaltdembbieati ansyif &) yzeKife-(©)) of two or more

signals (s2(t), s2(t),sm(t)) resp. of their transfer functi t1(s2(t)), t2(s2(t)), 25tm(sm(t))), which can
be represente&%%] tﬁg&@aF@sBy@ﬂf)le@rﬂnﬁbemg&@%BB%Qrr ”E(a'% va u(e ((

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

10 signal (x(tz2), 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

15 3'Y quadrant of the conplex or real number plane, and
then their nean val ue (

Kz
2= (2 &)/ ke
h, :1)
20 as well as the nean value (&*) of all intersection

poi nts (&mw, &z

k1 k2

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

25 are calculated, 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



means for evaluating a freely definable function (f#(t)) or freely definable functions (fl#(t), fz#(t),fg#(t))
of one signal (s#(t)) or of several signals (si#(t), szgét),sj(t)), which can be 5 represented on the real
resp. complex number plane, characterized in that means for determining the invariants of one
function or of several functions which, if necessary after appropriate conversion, use the function by
means 10 of an equation in the form of (Av1l2 + Bv22 + Cv32 + 2Fv2v3 + 2Gv3vl + 2Hv1v2 = 0), of
the combination (f-(t)) or of the combinations (f1-(t), fz-(t),fp-(t)) for one or several signal sections (td,

t2,10, or 15meagsriesdetesmirtirg thecinvarianis of oasdHpefiafeq eft seyeral fungtions which, if
necessary after aﬁropriate conversion, use the function by means of an equation in the form of (Av12

+ Bv22 + Cv33 L5tH 88! 861801 & Sy V= U5 Bt thdYredf) &&idi® bORINGLGN ) or of the
freely definabIF)_{(nﬂ%gog? (D, f3#Ofat i {eF @pe pua_Y§rahsigpal pections gdpg(,tt).u 15. Device

according to claim 13 or 14, characterized in that the invariants, if necessary 25 after appropriate
conversion, can be 2&presentedtas inexr ahbitator df fivaidnts2ksp. dfivettarsonasne plane
which, if necessan: afipr ARRIORTIAIS, AR SIPnEeIER! &p A P EOTPEP TR Plane and
crosses the latter, If necessary after

or paraneters of these signals or transfer functions or

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

ended, ot herw se

- inaq" step, the intersection points (&) of
10 the sumof the conplex transfer functions (f'[x(tq)] =
[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,
15 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
20 Ea= (X &) / K
hy =1)
as well as the nean value (&*)of all intersection
poi nts (&w, &2, ..., &na
K1 ko Kq
25 Eq= (X &m * X &Gt ... +X & )/( kit ko +..ky,

h]_:l h2:1 hq:].)



104 rotation or appropriate conversion, in the diagonals of the 1st and 3rd quadrants.  16. Device
according to one of the claims 13 to 15, characteri %d by means which use the intersection 5 points of
these invariants resp. vectors with the real or comél X number plane, on which the analyzed
combination (f-(t)) or the analyzed combinations (fds(t), f2t(t),fp-(t)) or 10-the analyzed, freely definable
function (f#(t)) or the analyzed, freely definable functions (fd#(t), fz#(t),fg#(t)), if necessary after
appropriate conversion, can be represented. 1517. Device according to one of the claims 13 to 16,

characterizedﬁgz,tglaé gﬁigu?i.grg%la (sig[}&(gfg)?)g%t&lre%% zWereﬁBaﬁi#g%ﬂ]%e(t)f rﬁé’g’)l(resp. X(t), y(t)

resp. x# (t), y ) are audio signals. evice according to one of the cla 3to 17,

chracterized bé/lrgg%rﬁ fQ[r ﬁegézg, \%ﬁ%?ré“r{% to gt_aé'gggrfll a[néj_ (1th chte{)ila, on th%Pasis of the
or,ifn

determined invariants ary after appropriat€ conversion, the intersection points of 25 these

invariants resgy veckys Withe§ewpahercarpelex mugihes| plane; on W,CQ*JPO%] , the analyzed
combination (f-(t)) or the analyzed combinations (f1-(t), fz-(t),fp-(tg o
ére orepresents the fictitious standard devi ation o >

5 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

10 functions or suns to be matched with (&), 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

15 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

20 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] =

25 [y(t9/V 2] * (1 +i)) or suns 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)

30 or g'y(t9] = [y(tg/~¥2] * (1 +i)) or or sums of these



or -the analyzed, freely definable function (f#(t)) or the analyzed, freely definable functions (f2*(t),
fz#(t),fg#(t)), is/are located, if necessary after apprOé)élate conversion, or also on the basis of a
selection of these invariants or intersection points."X019. Device according to one of the claims 13 to
18, characterized by means for normalization as regards the amplitude or other properties of -the
analyzed combination (f-(t)) or the analyzed combinations (f1-(t), fz-(t),fp-(t)) or 15the used two or
more signals (s2(t), s2(t),sm(X)) or the used transfer functions (t2(s2(X)), t2(82(t)), tm(sm(t))),
which can be tepaesdréed fonrtbeirealgresp epeplekinsmbeyppane,ay 0-theaarsatytast, freely
definable function (f# or the a a zed, lreel efinaple functions f2*(% fz#(X f(t)) or the used signal

(s#(t)) or the W2bd S %ézg% zﬁ‘)(t) hich &&i"6L r@&%s ht ucm;th% al resp. complex

number planesédlOéct ed t hat exhibit the wi dest scattering, i.e. those

for which the difference d — ¢ is maxi rum where d

5 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(tgy or y(tg) or
transfer functions (f'[x(t9] = [x(tg/V 2] * (-1 + i) or
gy(t9] = [y(t9/V 2] * (1 +i)) or sums of these

10 transfer functions or specific properties or paraneters
of these signals or transfer functions or suns, the
first one that appears resp. its signals (x(ts or
y(tg) or transfer functions (f'[x(t9] = [x(tg/N 2] *
(-1 +i) or gy(tg] =[y(t9/N2] * (1 +i)) or suns of

15 these 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

20 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

25 retained, and, insofar as the 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, by selecting to be
mat ched with this nean value the signals (x(t) or y(t))

30 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



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

level. 21. Device according to claim 19 or 20, racterized by means for normalization on the
basis of mean-square energy. 22. Device acc g to one of the claims 13 to 21, characterized by
means for determining the intersection points (4) of the combination 10(21(t1)) or of the

combinations (21s(t1), fzt(t1), fp-(t1)) of two or more signals (s1(t1), sz(ti), 5m(tl1)) resp. of their
transfer functions (t1(s1(t1)), t2(s2(t1)),tm(5m(t1))), which can be represented on the real resp.
complex numlsr plaesselSsognal s tie intewsestien ppinte (4)ofshe freslyndgfinatée function (2*(t1)) or

of the freely definable functions 421#(t]§4}g#§t1)’f% (tlé)gmof the signal (s#(ti()) or of the signals (s1*(t1),
S2#(t1), ZOscn%'() ! WhicR'c&h%% rép?e &§onth8% r%gp. complex number plane, if necessary
after appropriate conversion, by means of the half-plane defined by the vectors (1, 1, -2) and (1, 1, 1)

or also (-1, -1, 2) and (1, 4, &)rimd gcggeq 20 imheslstauadrant of tfp%ﬁﬁf)@g@ﬁgdeal number plane,

wherein hereinafter the abscissa axis of the real number plane is identical with the real axis of the
complex numBeplahe dHdthetRBinase BRIETR e A ENdal REMPEP BRF® ik Sdentical with the

imaginarysaxis iBgtcofRiex NYRpesSlans: @sd4hen driarmining thein Meas (aue (
fulfills the above requirenents or a maxi num nunber of
al l owed optim zation steps has been reached.

12. Method according to one of the preceding
clains, characterized by the additional use of
10 conpression nethods or data reduction nmethods or other
sel ective eval uati on nethods.

13. Device with

- means for evaluating a conbination (f~(t)) or

several conbinations (f.°(t), f>"(t), ..., fp°(t)) of

15 two or nore signals (si(t), s2(t), ..., su(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

20 t, (s2(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

25 - 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), ..., sd’(t)), which can be



541 :=4h,; = as well as for subsequently determining the intersection points (40 of the
combination (fs(t2)) or of the combinations (f1-(t2) é -(t2), 10fps(t2)) of two or more signals (s1(t2),
s2(t2), 5m(t2)) resp. of their transfer functions (tl(g 2)), t2(s2(t2)),tm(5m(t2))), which can be
represented on the real resp. complex number plane, or 15the intersection points (40 of the freely
definable function (2*(t2)) or of the freely definable functions (f1*(t2), f2*(t2), fg#(t2)) of the signal
(s#(t2)) or of the signals (s1*(t2), s2*(t2), 5Q*(t2)), which can be represented on the real resp. 20
complex numbesprase it recassanhaftereanpropdqie aoonvprsion, mynineanp ot half-plane defined

by the vectorsy% 1, -.Zﬁ]eg;d t(égl 12( or alsoé-]t, -1 ﬂﬁaqd ‘_ll 1 %andllocate? ir&g}he 1st quadrant of
the complex o eéa(l%'u $12 zln ,%rdetﬁ Ho%tg nin ﬁ%fr eé’r?véiﬁe? 108'k2 42 = (112)k2 h2
=1) first signal at the point intine t, (s2*(t))
represents the function value of the second signal at
5 the point intimet, ..., (s.”(t)) represents the

th

function value of the Q signal at the point in tine

ta
characterized by

- means for determning the invariants of one

10 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

15 - 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).
20 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)), ...,

25 tu{snt))), which can be represented on the real resp.
conpl ex nunber pl ane,

or



as well as the mean value (4*2) of all intersection 5points (411L, 4112 k1k2 +)k2) h1=1h2=1) as
well as means for determining whether the mean yalue 10(4%) closest to (V2), where u is equal to 1 or
2, then lies within the interval Ho4*2, 4*2+ (5], whé@eycs represents the fictitious standard deviation
CS > 0, freely selectable by the user also by a means, as well as, if this is the case, for selecting to be
matched 15 with (4%) the combination (f-(t0)) or combinations (f)-(t))) or f2-(t0) or ... or fp-(t,)) or
signals (s)(to) or s2(t0) or ... or sm(t,)) or the transfer functions (t)(s)(to)) or t2(s2(t0)) or ... or

tm(sm(to))), which can 2@nbarrepfesentachdméhe rapl sesp. @onyplekehumdier lane, or the freely
definable func ion (-4)) or. fx definaple functl or 2* tO or ... orf or signals
(s#(to)) or (s)*EtBS1 75%)()[% gtf ?ggg *( 05) %vﬁfcfg%irﬁ%gqtzﬁreslé fed 8ﬁ1§ne( éﬁ? ?ﬁsp complex
number planef ,*(t), ..., f/(t)) of one signal (s”(t)) or of several

signals (si#(t), s2*(t), ..., sJdf(t)), which can be

5 represented on the real resp. conpl ex 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

10 of an equation in the formof (Avi® + Bvy? + Cvi?
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

15 - 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? + Cvi®
2Fvovs + 2Gv3vy + 2Hviv, = 0), of the freely definable

20 function (f%(t)) or of the freely definable functions
(f%(t), f2°(t), ..., f.%(t)) for one or several signal

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

15. Device according to claim13 or 14,
characterized in that the invariants, if necessary
25 after appropriate conversion, can be represented as
i near conbination of invariants resp. of vectors on
one plane which, if necessary after appropriate
conversion, is vertical to the real or conplex nunber
pl ane and crosses the latter, if necessary after



109 or the properties or parameters of these signals or transfer functions or combinations or functions,
as well as means for ending the entire process if this is the case, as well as for determining whether
possibly 5two mean values (41,42) have the same1 f%tance to (4*2), (41), and if this is the case, for
selecting (41), as well as for determining whether the first mean value (41) lies within the interval
Ho4*2, 4*2+ 01, ], where represents the fictitious standard deviation CS > 0, 10 freely selectable by
the user also by a means, as well as, if this is the case, for selecting to be matched with (4%) (40 the
combination (fr (61 )ator sambinadensdplr (thos f2 fiyer.siasdp-(il)) oheigdalageh@l s1wdr s2(t1) or ...
or sp(t1)) or the transfer functigns t1(s1(t1)).or t2(s2(t1)) or ... or tm(sm(tl))), which can be represented
on the real restph%o ple?( er ,% t7e freely definable function (f4(t1)) or 20 freely definable
functions (f1*(t1) or f2#(ti) or ... or fi),*(t1)) or signals (s#(t1)) or (s1*(t1) or s#(t) or ... or sQ*(t)1)), which

can be representedg th@emgasgcggml%nqrgbghglagp, 9h@eotprgpﬁgie%ortqgrq@,eters of these

signals or 25 transfer functions or combinations or functions, as well as means for ending the entire
process if this GHACARY, ag8felPYs FRAMS fhHsterifing NELO Mt @) 8F tW@Br more signals (si(tq),

52()g), s poi nts of these invariants resp. vectors wth 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

10 - 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.

15 17. Device according to one of the clains 13 to 16,
characterized in that said signals (si(t), s2(t), ...,
se(t) resp. s*(t) resp. sif(t), sH(t), ..., sif(t)
(resp. x(t), y(t) resp. x¢(t), y«(t))) are audio
signal s.

20 18. Device according to one of the clains 13 to 17,
chracterized by neans for selecting, according to
statistical and other criteria, on the basis of the
determ ned invariants or, if necessary after
appropriate conversion, the intersection points of

25 these invariants resp. vectors with the real or conplex
nunber plane, on which



sm(tq)) resp. of their transfer functions (t)1(s1(tc0), t2(52(tc,)),tm(sm(tq))), which can be represented
on the real resp. complex number plane, 5 or e intersection points (4q) of the freely definable
function (f4(tcp) or of the freely definable function&@%*(tcl), f2*(tcl),fg#(tc,)) of the signal (s#(tcp) or of
the signals (s1*(tcp, s2#(tcp, 10s()*(tc,)), which can be represented on the real resp. complex number
plane, if necessary after appropriate conversion, by means of the half-plane defined by the vectors (1,
1,-2)and (1, 1, 1) oralso (-1, -1, 2) and (1, 1, 1) and located 15 in the 1st quadrant of the complex or

real number plane, this in B&itnsiepzaad wrbileiatmining theft mpanvatuee( kg 4q:= (1 4ho kg 20hq
=1) as well as the m%valu i\q/ of all |nte ectl points, @e 11,, 41- 12f r 4@51 klk2lcq :=/ 4hi/+
+4hq )I(k2 + I% i 8§§ve ds means fér deterniining witethbf the mean value

or

- the anal yzed, freely definable function (f*(t))
5 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.

10 19. Device according to one of the clains 13 to 18,
characterized by nmeans for normalization as regards the
anplitude or other properties of

- the anal yzed conbi nation (f “(t)) or the
anal yzed conbinations (f.°(t), f2°(t), ..., fp°(t)) or
15 the used two or nore signals (si(t), s2(t), ..., sut))
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

20 - 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.



111 or q, then lies within the interval Ho*q, *q+ 0], where represents the fictitious standard deviation
CS > 0, freely selectable by the user also by a m @5 , and if this is the case, for selecting to be

matched with S410 the combination (f-(tm)) ombinations (f1-(tm) or f2-(tm) or ... or fl,-(tm)) or
signals (si(tm) or s2(tm) or ... or sm(tm)) or transfer functions (ti(si(Xm)) or f2(s2(Xm)) or ... or
10tm(sm(tm))), which can be represented on the real resp. complex number plane, or the

freely definable function (f#(tm)) or freely definable functions (fg#(Xm) or f?(Xm) or ... or 15fg#(tm)) or
signals (s#(tm)) or (3@t(Xm9var s# (ot or dr 8Q*(tm))c Mdnich ¢a) be hiapr@@egta'dz@uthe/real resp.

complex number or the pro ertle aram rs of these s s or trans r functions or
combinations BFﬁ‘?m E)l% Ly fﬁ IIlza% ngfbr 51 [ d:‘ﬁ{e erft rquPSCe%&P is is the case, as well
as means for deteghining if for the same mean value, various -combinations (f-(ts)) or combinations
(fg-(ts), f2-(fs),fp(ts)) or signals (si(ts), s2(ts), 25sm(ts)) or transfer functions (ti(si(fs)), t2(s2(ts)),

21. Device according to claim19 or 20,
5 characterized by neans for normalization on the basis
of nean-square energy.

22. Device according to one of the clains 13 to 21,
characterized by neans for determ ning

- the intersection points (&, of the conbination
10 (f~(t1)) 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,

15 or

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t1), f27(ts), ..., f,(t1)) of the signal
(s*(t1)) or of the signals (s:*(t1), s2*(ti), ...,

20 sg5’(t1)), 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
25 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



112 tm(sm(ts))), which can be represented on the real resp. complex number plane, 1sq, or
freely definable functions (f4(tb) or freely definable r& ctions (fi(*(tC, f?(tC, f(t)t)) or signals (s#(tC) or
signals (si(*(tb, s?(tb, s(!(tb), which can be represé lt‘gd on the real resp. complex number plane, 1tq,
or the properties or parameters of these signals or 10 transfer functions or combinations or functions
exist, and, if this is the case, for selecting those signals or those transfer functions or those
combinations or those functions or those properties or parameters of these signals or transfer

functions or corebinatiander 1pifametions, ihdgésoifendppdarad with thedyghest fresxiescy, as well as
for determinin flnther several signals or trapsfer functions or combinatians.or functians or the
Bliahd BB or Bl dicaegt & 5

properties or par fers &k &orRihfer 18R ior@e& Ash AR 8 50'firictions occur

with the samerfessgyuenay uend if this is the case for selecting those signals or those transfer functions
or those combinations or those functions or those properties or parameters of these signals or transfer
functions or combinations or functions that 25 exhibit the widest scattering, i.e. those for which the
difference d - ¢ is maximum, whefe d represents the last and c the first index number of the
optimizatign steps respet&tiyg_ly d%r neyas well as means for determining whether this too applies
to several signals 30 or transfer finctions or combinations or functions or the properties or parameters
of these signals or 113 transfer filhctidhs or combinations or functions, and if this is the case, for
selecting the first one that appears as well as for determining whether two mean values from

(41,42,...,40 are clos Ito é4*0 and if this is the tc(flse,éﬁo[fdeterm.ining whether in a g-lth step one of the
two mean valf&s r\ggﬁ. thef z{s%{)ci?# QSSiﬂHSQ Phrahstér Thetidls or combinations or

- the intersection points (&, of the conbination
(f"(ty)) or of the conmbinations (fi1°(t2), f2°(t2), ...,
10 fp°(t2)) of two or nore signals (si(t2), sa2(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

15 - the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (f.*(t2), f27(t2), ..., f,(t2)) of the signal
(s*(t,)) or of the signals (s:i*(t2), s2*(tz), ...,
so’(t2)), which can be represented on the real resp.

20 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

25 plane, and then determ ning their mean val ue (



functions or the properties or parameters of these signals or transfer functions or combinations or 10
functions have been selected, and if this is the Cai??; for retaining those signals or transfer functions or
combinations or functions or the properties or par %ters of these signals or transfer functions or
combinations or functions, as well as means for 15 determining whether the thus selected mean value
then lies within the interval Ho +vg+ o ], where CS represents the fictitious standard deviation CS > 0,
freely selectable by the user also by a means, and if this is the case for selecting to be matched with
this 20 mean value the signals oriransfer functions or combinations or functions or the properties or
parameters of these signals or transfer functions or combinations or functions, as well as means for
ending the entire procesé i fﬁis(igtt%zc%ls[;lf%s well as 25 means for performing a g+Ith step in the
same form as represented for thehga ghep and for continuing the process and for determining whether
one mean value fulfills the above requirements or a maximum number of allowed optimization steps
has been reached, and thus 30 whether the process should be ended, and if this is the case, for
ending the entire protésaortaled means Vol detefminingf 14 | | nttedeetdemtion points (4111) of
the combi@ationogfh({lg) a of the combinations (21-(t1), f2-(t1), fp-(t1)) of two or more signals (s1(tl1),
s2(tl), 5m(t1))presp. of thellr'trallisfer functions (t1(s1(t1)), t2(s2(t1)),tm(5m(t1))), which can be
represented on the real resp. complex number plane or the intersection points (41) of the freely
definable function (f#(t1)) or of thglfreely deﬁgable 10functions (21#(t1), f2#(ti) ,fg#(ti()) of the signal

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

as well as neans for determ ning whether the nean val ue
10 (&) 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
15 with (&)

- t he conbination (f~(t,)) 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 to{Sn(ty))), wWhich can

20 be represented on the real resp. conplex 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
25 or sg’(t,)), which can be represented on the real resp.
conpl ex nunber pl ane,



(s#(t1)) or of the signals (s1#(t1), s2#(ti) , sQ#(ti()), which can be represented on the real resp.
complex number plane, if necessary after approp ﬁ% conversion by means of 15 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'
guadrant of the complex or real number plane, wherein hereinafter the abscissa axis of the real
number plane is identical with the real axis of 20 the complex number plane, and the ordinate axis of
the real number plane is identical with the imaginary axis of the complex number plane, and then

determining their maan pab@e(rz.'-‘pdés &F 4p5k et &3 aswvetllmme@ng el submequently
determining 115 Evlntersection oints (40 of the comblna g% 2%)?or of the combinations

(F1-(f2), f2-(12)" FR0S)) St oo Thras a|§? 'd}a S0 5ﬂ{(t teiftPansfer functions
(X1(s1(f2)), XAsR(X D3 Xme&ngtX)Pr Wélrtﬂh (2: 1) bdﬂeemn‘semedp:rmttmal fesphicemipex number

plane, or the mﬁrsecé%g pomts (i eftr%ely d(e?&ggflnabl fur\}%tlon (t2 t%%o he freely definable

10functions (fg# f2) ?g#( e S|gnal oro gne signals (s (t2)
5 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
(&1) lies within the interval [-oc + &%, &%+ o], ], where
orepresents the fictitious standard deviation o > 0,

10 freely selectable by the user also by a neans, as well
as, 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)
15 or sp(ti) or ... or sp(ty)) 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

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

25 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), ...,



5Q#(X2)), which can be represented on the real resp. complex number plane, if necessary after
appropriate conversion, by means of 15 the half- p{ e 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 aﬁadrant of the complex or real number plane, and
then determining their mean value ( k2 2042:= (1 42) /1C2 h2 = 1) as well as the mean value (4*2) of
all intersection points (4111,, 41a2 k2 254*2 :=4hi +)k2) h1=1h2 = 1) 116 as well as means for
determining whether the mean value (4%)closest to (4*2), where u is equal to 1 or 2, then lies within
the interval Hg 3 4R 20101 wieoe Gibrepresenaltise {istiioys standarg) deviation CS > 0, freely

selectable by also b s, and f this is the ase for sele e matched with (4%)
the comblnatlosris‘(f(’tb;) &% C?‘Oli;‘lblﬁ%tl% é ff (t %P?;&b) Pnc&] 1%”(? ) (&Jrlg tE1§)(g)(to) or s2(t0) or ...
or sm(t,)) or thie;(rap6tey) functions t{sSw(tq))), which can be represented on

the real resp. conpl ex nunber plane,

- the intersection points (&, of the freely
definable function (f*(ty)) or of the freely definable
functions (fi*(tgy), f27(tg), ..., f.(tg)) of the signal
(s*(tq)) or of the signals (si*(tq), s2"(tg), ...,

10  s.*(tq)), 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
15 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
20 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
25 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



10(t)(s)(to)) or t2(s2(t0)) or ... or tm(sm(to))), which can be represented on the real resp. complex
number plane or -the freely definable function (f#(iogl or freely definable functions (f)#(to) or f2#(t0) or
... or 15 fg#(t,)) or signals (s#(to)) or (s)#(to) or s2#(to) or ... or sQ#(t,)), which can be represented on
the real resp. complex number plane, or the properties or parameters of these signals or transfer
functions or combinations or functions, as 20 well as means for ending the entire process if this is the
case, as well as for determining whether possibly two mean values (41,42) have the same distance to
(4+2), as well ag faj selaqding| (Fe4f thistisithe case.ian well ap deteymining whethesjthe first mean
value (40 25lies within the interval Ho + 4*2, 4*2+ (5], where CS represents the fictitious standard

deviation CS I'iefr8ely 8RCEIObY thd Bséi &ikb by meahandad i tHigYs ld €4se dr selecting to

be matched wih (4BedL¥ the cembinationyy-(Mhkor cambiariens(fl 4 yeuiRs(t1)ahd- or fp-(t1) or
signals (s1(t1) or s2(t1) or ... or sm(tl)) or the transfer functions (t1(s1(t1)) or t2(52_(t1P1) or...or
tm(sm(t1))), whichtddrs be rbPRsefkSt of He =&l F&J. RBnifeP RufiBkr BRthe ot the freely
definable guncﬂ n (f#(t1)) or freely definable functions (f1#(t1) or f2#(t1) or ... or fg#(t1)) or signals
(s#(t1)) or (sl gl‘? r s2#(t1) or ...

- 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(sz(tw)) or ... or

10 tstw))), 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
15 f,*(tw)) or signals (s*(tw)) or (si*(tw) or s;*(tw) or

or sof(tw)), 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

20 well as neans 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 (f17°(ts),
foo(ts), ..., fp°(ts)) or signals (si(ts), saots),
25 sy{ts)) or transfer functions (ti(si(ts)), ta(sa2(ts)),



100r sQ#(t1)), which can be represented on the real resp. complex number plane, or the properties or
parameters of these signals or transfer functions gr. combinations or functions, as well as means for
ending the entire process if this is 15 the case, as% Il as means for determining the intersection
points (40 of the combination (f-(tq)) or of the combinations (f1-(tq), f2-(toOf fp-(tq)) of two or more
signals (sl(tq), 52(tol), sm(tq)) resp. of their transfer functions (t)1(s1(tc0), 20t2(52(tc0),tm(sm(tq))),
which can be represented on the real resp. complex number plane, or the intersection points (40 of the
freely  definahle fungtigi (#(320) onoeif the traelytstefinaples2afnnetibnsn(fi#ec ) et (tcl),fg#(t20) of
the signal (s#(tq)) or of the si%nals (s1#(tcp, s2#(t20, 5Qi# tZQ), which can be represented on the real
resp. complexnutiber PIaRe =118 W Hsces8af Eter appropriatd conversion, by means 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' quadrang of the complex or real number plane, this in a in a qua step, and then determining their
mean value ( kg

- freely definable functions (f#(ty) or freely
5 definable functions (f.*(ty, f."(ty, ..., f.(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

10 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

15 functions, that so far appeared with the highest
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

20 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

25 exhibit the wi dest scattering, i.e. those for which the
difference d — ¢ is maxinum where d represents the
|ast 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

30 or transfer functions or conbinations or functions or

the properties or paraneters of these signals or



4c, := (1 4h0/1cq hg = 1) 10 as well as the mean value (V) of all intersection points (E11, 41-12f r 4hq
k1k2ICI Vci :=(/+ +4hgk2 kq) h1=1h2 = 1hg =1) ﬁi as well as means for determining whether the
mean value (4m)closest to (4*0, where "(if is equa 8’ 1 or2or...orq, then lies within the interval Ho
+vg+ 0], where CS represents the fictitious standard deviation CS > 0, freely selectable by the user
also by a means, and 20 if this is the case for selecting to be matched with (410 the combination
(f-(tm)) or combinations (f1-(tm) or f22(tm) or ... or fp-(tm)) or signals (s2(tm) or s2(tm) or ... or sm(tm))

or the transfert25usdtionsf(td{e2 (tomsofd? (s2imb)) @at .. onsL1® ti(smgti)dh syhiemdai foe
represented on the real resp. complex number plane e freely definable function (f#(tm)) or
EYRctons (i5k(ERY6r 12+ fs RRnk)

freely definabl hﬁcﬂo?\s(ta (Frﬁ)SSr f2 &lrn)%?..? *ﬁtrﬁ)‘f%r%d’nsa B (s1*(tm) or s2*(tm)

or appears as well as for determ ning whether two nean

val ues from (&° &%, ...,E%) are close to (&%), and if this

5 is the case, for determning whether in a g-1'" step
one of the two nean values 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

10 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 nmeans for

15 determ ning whet her the thus sel ected nean val ue t hen
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

20 nean value 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

25 neans 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 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

30 whether the process should be ended, and if this is the
case, for ending the entire process;

or also neans for determ ning



... or sQ*(tm)), which can be represented on the real resp. complex number plane, or the properties or
parameters of these signals or 10 transfer functions or combinations or functions, as well as means for
ending the entire process if this is the case, as we ]a means for determining whether for the same
mean value of various -combinations (f-(ts)) or combinations (fg-(ts), 15f2-(ts),fp-(ts)) or signals (sl(ts),
s2(ts), sm(ts)) or the transfer functions (ti(sl(ts)), t2(s2(ts)),tm(sm(ts))), which can be represented on
the real resp. complex number plane, 1sq, or 20freely definable functions (f4(t)b) or freely definable

functions (fi)*(t1), f2#(t1) () ioh sz tsH6) pBisInalg i) "o, sREty: R Which can be

represented on the real resp. comPIex number plane, 1tq, 120 or the properties or parameters of

these signals &f trhhgfer f@ictiohs o SohBRATHHS @ Hnétiond Bidst, 4ad (i this is the case, for
selecting those psigmqﬁ)ordhow\ﬂansfeﬁmr@tigng atiRogescompinatns oy 5 those functions or those
properties or parameters of these signals or transfe{ functions or comb'nat'oni or functions, that so far
appeared WithStFC H'g&ne'éFﬁBqué)r{ciqé \Jelf 445 deter Hﬁb'vﬂ%hé? égﬁé él@ignals or transfer
functions ®r campngtiang pr 10 funatigrss,pt ihe propehiies oc parameeteepoktbene siyrats or transfer
functions or c%rﬁbinations or functions opeyr with the same frequency, and if this is the case for

selecting thos ?gnra?salor {noRB tranf& tiACtbne or thBs& €Embinations or those functions or 15 those

properties or parameters of these signals or transfer functions or combinations or functions that exhibit
the widest scatfering, i.e. those for which the

- the intersection points (&, of the freely
definable function (f*(t1)) or of the freely definable
10 functions (fi*(ty), f2"(t1), ..., f,/(t1)) of the signal
(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 neans of
15 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 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
20 the 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 (

k1
25 E1:= (Y &) ! ke
h = 1)

as well as neans for subsequently determ ning



difference d - c is maximum, where d represents the last and c the first index number of the
optimization 20 steps respectively undergone, as as means for determining whether this too
applies to several signals or transfer functions or binations or functions or the properties or
parameters of these signals or transfer functions or combinations or functions, and if 25 this is the
case, for selecting the first one that appears as well as for determining whether two mean values from
(41,42,...,40 are close to (4*0, and if this is the case, for determining whether in a g-lth step one of the

two mean values resp. theffeasseciate@ pistanade Phirangfer)fusetienseocenpbinatipasnor functions or
the properties or parameters of these signals. or transfer functions or combinations or functions have

been selected! hnd ifthls R'th8Tcak88 19918F RALInARSthobe digakis drtrhhéfer functions or
combinations o, fynctjgnsodr thewroeperties @ Pagraeters of theye sigyrals)ar transfer functions or
combinations olrn{un ions, as well as means for 5 determining whether the thys s dtCtEd mean value
then lies withir? é?iber\yaéﬁpovqgrfof kfe Hﬁ%%f&éeﬁté‘ d fi&ﬂﬁ)ugts’tgﬁém’d viation CS > 0,
freely seléctalile(ly,hte uper also, byta{mseans) and ifthisdh thanasefar setensiagtte dheonatched with
this 10 mean ¥ lue the Fignals or transfer functions or combinations or functions or the properties or
parameters of t gsd Siagnarse()SrQ'ranCs? unttidH'8FoRbABbons or functions, as well as means for
ending the entire process if this is the case, as well as 15 means for performing a g+lth step in the
same form as gepresented for the qua step and for continuing the process and for determining whether
one mean value fulfills the above requirements or a maximum number of allowed optimization steps
has been reached, and thus 20 whether the process should be ended, and if this is the case, for

ending the entire process.he 2%itle¢\gee areprdig tereng ef jhetlaime 18rteadds characterized by

means for determjning the intersection points (41) of 25 the sum of the c lex transfer
functions (flx(t_dLﬂfﬂ na%ﬁ e %un%tl on (ng(ct 2)) or of }ﬂe ?reefy (fefl naB'I.ng
10 functions (fi*(t2), f2"(t2), ..., f/(t2)) of the signal

(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
15 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 39 quadrant of the conplex or real nunber

pl ane, and then determning their nmean val ue (

ko
20 E2:= (Y &) !l ko
h, :1)
as well as the nmean value (&*) of all intersection

poi nts (&mw, &2

k1 k2

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



[x(ti)/A/ 2] * (-1 + i) and gly(td)] = [y(t))/A/ 2] * (1 + 1)) of the paired signal (x(ti), Y(ti()), which can be
represented on the complex or real number plane, if necessary after appropriate conversion, by means
of the 30 half-plane defined by the vectors (1, 1, %){ nd (1,1, 122 1)oralso (-1, -1,2)and (1, 1, 1)
and located in the 1st quadrant of the complex or real number plane, wherein hereinafter the abscissa
axis of the real number plane is identical with the real axis of the complex number plane, and the
ordinate axis of the real number plane is identical with the imaginary axis of the complex number
plane, and theasdetetrhiniyg tineirpedn valdet €k Inin@ 4bet her t hdonesapsaguienty determining
the intersection paints (E) of the sum of the complex transfer functions (fIx(t2)] = [x(t2)/A/ 2] * (-1 + i)
and gli(t2)] = 15y RBES: ) otthezbaitdilignad (r2f ), Whidh Bhn Pe rePfSented on the
complex or reqljraknigr plane tiheesegsary afte appropeiate gonwvegsjonypye eags of the half-plane
defined by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2) 20and (1, 1, 1) and located in the 1st
quadrant of thE @RBHEERNbE rdd Aufiber igldrRl aindittABA Aeterffiingtheéif nfean Qalue (k2 42 := () 1k2

5 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~(t,)) or conbinations

(f17(ty) or fo°(ty) or ... or f,°(ty,)) or signals (si(ty)
or sy(t,) or ... or spt,)) or the transfer functions
10 (ta(sa(ty)) or ta(s2(ty)) or ... or tosm(ty))), which 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
15  f,*(t,)) or signals (s*(t,)) or (si*(t,) or s,*(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

20 well as neans 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 (&%)

25 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 (&%)



25h2 = 1) as well as the mean value (4*2) of all intersection points (4111i, 41,2 123 k2 +)k2) hl = 1h2
= 1) as well as for determining whether the mean e (4%) closest to (V2), where u is equal to 1 or
2, then lies within the interval [-()) + 4*2, 4*2+ (5], where CS represents the fictitious standard deviation
CS > 0, freely selectable by the user, as well as for selecting the signals (x(to) or y(to)) or transfer
functions 10(flx(t,)] = [x(to)/A/ 2] *(-1 + i) or gly(td = [y(to)/A/ 2] * (1 + i)) or sums of these transfer
functions or specific properties or parameters of these signals or transfer functions or sums to be
matched with (4%),-and, tftibisos ftiive nase,dar endipg e J&emﬁﬁmrnmﬁsoas WeII as for determining

whether poss ean values (41,42) have the sam nce to (4*2 s [s the case, for
selecting (40 Xr{)éf\gqcr}gte?%l th%? (40 IIGéD{;VISﬁﬁ"If ?r&teR)’al F )Sm k( % where
represents theo20 ﬁ@(ltl@)ls cstandard devstian LS 20, freelyt seetbble kinnetumalso by a means,
as well as for selectin al (x ty) or y(th) or transferf nc [x 2) 2 ( 1+i)or
gly(t1)] = [y(tl) A?I ]; gl?l ;; ogrrsu igéﬁ‘(thﬁba transfer furéjctlcgn'g| qus (,} >jc Zé'%roép%/rtu]aas of parameters
of these signaleorr teqristsieithetiormsot siems eabermateched avithl (eb)() ranabiethipisahe case, for ending

the entire process, as well as for determining the intersection points (40 of the sum of the
complex transfer functions (fIx(tg)] = 30[x(tg)/A/ 2] * (-1 + i) and gly(tcp] = [y(tcp/A/ 2] * (1 +
or

- the freely definable function (f*(ty)) or
freely definable functions (fi*(t1) or f.*(ti) or ... or
f *(t1)) or signals (s*(t1)) or (si*(t1) or sy*(ty) or
10 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
15 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(tgq), sa2(tq), ...,
S{tgq)) resp. of their transfer functions (ti(si(tq)),

20 to(s2oAtq)), ..., tusdtyg))), 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
25 functions (fi*(tq), f2"(tg), ..., f,°(tg)) of the signal
(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,



124 1)) of the paired signal (x(tg), y(tg)), which can be represented on the complex or real number
plane, if necessary after appropriate conversion, by means of the half-plane defined by the vectors (1,
1,-2)and (1,1, 1) oralso (-1, -1,2)and (1, 1, 1) located in the 1st quadrant of the complex or real
number plane, this in a gth step, and then determining their mean value ( kg Og:=4ho kg 10hg = 1) as
well as the mean value (V) of all intersection points (4111,,41-12,41-1q, k2kg +42 + .4hqgk2 kq), 15=
1h2 = 1hq = 1) and for determining whether the mean value (4m) closest to (4*0, where "(if is equal to
lor2or... orif thee’d@s\aitlyinalﬁe mtea/@pH@pf(EHt\@heferméwspr@senm/thséb;ﬁﬁom standard
deviation CS >£ 2% fregly selecta Ie by th ser Iso by a mean and fors ; signals (x(tm) or
yano)orvans? %u E&Rﬁﬁ E[x( %]l 1§ 3 %?ﬁOF&yZ&m] [y(trfiY/A (1 +1)) or sums
of these transfet ;‘urik;tlom}s ooispatisio p(repsrtlei or paraaneitefd 25 bf tHeseasigndle mattradhsfer functions
8; feljrnr;?nf(r)]gbe mat{:tﬁ%d ylah &ﬁrgbr , if tPIS |ﬁ éh 8%%‘? for %pdlpg atlﬁwe ﬁﬂ%eegrocess, as well as for

5 plane, thisinain a " step, and then deternining

their nmean val ue (

kq

8= (X &) / Kg
hg = 1)

10 as well as the nean value (&*) of all intersection
poi nts (&u, &2, ..., &nq

Ky ko Kq

Eq= (2 &u * X Gut ... +% &q)/( kit ko +..Kkg
h]_:l h2:1 hq:].)

15 as well as neans for determ ning whet her 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
20 if this is the case for selecting to be matched with

(&)

- t he conbination (f "(tw)) or conbinations
(f1"°(tw) or f2°(tw) or ... or fy°(tw)) or signals
(s1(tw) or sz(tw) or ... or sytw)) or the transfer

25 functions (ti(si(tw)) or ta(sz(tw)) or ... or



125 whether In case of the same mean value, different signals (x(t)s) or y(t)s)) or transfer functions
(fix(ts)] = [x(ts)/Al 2] * (-1 + 1) or gly(ts)] = [Y(ts)/A/ ﬂ * (1 + 1)) or sums of these transfer functions or
specific properties or parameters of these signals ?ransfer functions or sums, 1sq, exist and, if this is
the case, for selecting those signals (x(t)s) or y(t)s)) or transfer functions (fIx(ts)] = [x(ts)/A/ 2] *(-1 + 1)
or gly(ts)] = [Y(ts) /AI*+ U) or sums of these 10 transfer functions or specific properties or parameters
of these signals or transfer functions or sums that so far appeared with the highest frequency, as well
as for determiping.whetherseveral si (x(8)s) ar nsfer fyncti (fix(t)].= [x(ts)/A/ 2] *
(-1+ 1) 150r gﬂﬁ%ﬂé fa‘(ig)lAlﬁﬁ)@clﬁ%saé%ns)g (?T tﬁggg %?r%gf{erg?ur?)cﬁoﬁi{%r ggéclzifi)é%g perties or
parameters ofdbege signalsmdransfeimfenctions or sums occur with the same frequency, and If this Is
the case, for selecting those signals (x(t)s) or y(ts)) or Transfer 20functions (fIx(ts)] = [x(ts)/A/ 2] *(-1 +
1) or gly(ts)] = [Y(ts)/A/* (1 + 1)) or or sums of these transfer functions or specific properties or
parameters of@hese signals or transfer functions or sums that exhibit the widest scattering, i.e. those
for which the difference 25 d - ¢ Is maximum, where d represents the last and c the first Index number
of the optimization steps respectively undergone, as well as for determining whether this too applies to
several signals (x(t)s) or is))foreednsfereflinoidnse(fixs)its patsi/AT (301 1) or gly(ts)] = [y(ts)/A/
2] * (1 + 1)) or sums of these transfer functions or specific properties or parameters of these signals or
transfer finctiémset y definabl e functions (f:*(tw) or f,*(tw) or ... or

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

or so(tw)), which can be represented on the real

resp. conpl ex nunber pl ane,

or the properties or paraneters of these signals or

10 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),

15 fo27°(ts), ..., fp°(ts)) or signals (si(ts), sa(ts), ...,
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

20 - freely definable functions (f#(ty) or freely
definable functions (f. *(tvy, f.°(ty, ..., f.5(ty) or
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,



126 sums, and if this is the case for selecting the first one that appears resp. its signals (x(ts) or y(ts))
or transfer functions (ft[x(ts)] = [x(ts)/Al 2] * (-1 + i).qr gly(ts)] = [y(ts) /AlI* (1 + U) or sums of these 5
transfer functions or specific properties or parame% of these signals or transfer functions or sums,
as well as for determining whether two mean values from (41,42, are close to (4*0, and if this is
the case for determining whether in a g-Ith step one of the two mean 10values resp. their associated
signals (x(t) or y(t))or transfer functions (ft[x(t)] = [x(t)/A/ 2] * (-1 + i) or g[y(t)] = [y(t)/Al 2] * (1 + 1)) or
sums of thesedransiies fpneftians orespeasifiqanoprtitesrey psframeters ofiterd sigoals or transfer
functions or syms ar? 15 sfelect(;d, and if this is the case, for retairiin those signals (x(t) or y(t)) or

transfer functi r'isa(fﬁx = B{(ﬁ A/%S* (Qf +(f)0 él{)&]i:b&%t)/%m u Er'iﬁ'b?’ St bF these transfer

functions or spauifjc priopehies argpdrametersaf tiese sighalstarriartsersz0) gingtiahs or sums, as well
as for determlnlrngthhether the tglpgrse}e%'eq mean valugéhen lies vr\]/%kinn tltqe mtgrvgrl Ho + 4*" 4,4v CS

I, where CS re%resen?g etﬁ&ﬂlous stan acrd'd%v?atf())rn gs& f?é)e y S(rall%c{a%rlle by the user also by a

means, b selebtirgetd henatdtonesd 25 withakis peapaatuecthewmigmes £t @ngt)por transfer
fnctions (X0 @A 1) or ool & DIALE) ok 4 s o e vgpser functons
sfer fu

or specific properties or parameters of these signals or tran nctions or sums, and for 30 ending
the entire prodesBcas aiedl,ast hat so far appeared with the highest

frequency, as well as for determ ning whether several
signals or transfer functions or conbinations or

10 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

15 those 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
|ast and c the first index nunber of the optim zation

20 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

25 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 associated

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

functi ons have been selected, and if this is the case,



127 for performinga g+lth step in the same form as represented for the cith step and for continuing the
process as well as for determining whether one m value fulfills the above requirements or a
maximum 5 number of allowed optimization steps been reached and thus whether the process
should be ended, and if this is the case, for ending the entire process; as well as means for
determining the intersection points (41) of 10 the sum of the complex transfer functions (flx(ti)] =
[X(ti)/A/ 2] * (-1 + i) and gly(t1)] = [y(tl)/Al 2] * (1 + 1)) of the paired signal (x(ti), Y(t1)), which can be
represented of dhe cemplex oigreahoymber glaaies ifmecessaryfatier fappaprate conversion, by means
of the 15 half-plang.defined by the vectors (1, 1, -2 ang1 1,1, Bor also (-1Y'1’ 2)and (1,1, 1) and
located in the %P bQ&QhPB the'c n"i'ﬂgi 0P P&a1Wun [ﬁéﬁ) @her&R H¥teinafter the abscissa axis
of the real numpbergpiene isidehtitdlesith giegeal axief theaB8 fcempiennuinbes ptane, and the
ordinate axis of the real number oDrla'F% hsci{ie(r)\ti al wiéh .tvr\llghi;nagisna% gﬁ(j%?f tpe complex number

plane, and then de Iernrf'%"ltnlln% their mean valué (25:2 ) or subsequently determining the

intersectién pdletsgEYyiof thegswhedfhies compléxhmansfel Reicadnsngit2) et PpeEt2)he)r (-1 + i) and

O el BT o S reenon

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

10 mean value the 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 ending

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

15 nmeans for performing a g+1'" step in the sane 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

20 whether the process should be ended, and if this is the
case, for ending the entire process.

23. Device according to one of the clains 13 to 22,
characterized by neans

- for determning the intersection points (&) of
25 the sumof 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
30 half-plane defined by the vectors (1, 1, -2) and (1, 1,



conversion, by means of the half-plane defined by the 5vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)
and (1, 1, 1) and located in the 3' quadrant of theeig plex or real number plane, and then determining
their mean value ( k2 1042 := () 1k2 h2 = 1) as well"ds the mean value (4*2) of all intersection points
(411i, 41a2 k1k2 15+)k2 ) hl = 1h2 = 1) as well as for determining whether the mean value (4%)
closest to ();*2), where u is equal to 1 or 2, then lies within the interval Ho 44'2, 44'2+ (5], where CS 20
represents the fictitious standard deviation CS > 0, freely selectable by the user also by a means, as
well as for selaqgtingrthalssgnals {x(te)or y2io)eerdrgrsfenfunclionm (Ix(toglat pdta)i/2hé (-1 + i) or
g[y(to] = [y(to)/A{ 2 +i)).ors rrﬁ};)f these 25 transfer function (érrs%icific properties or parameters

* (1
of these signa or% %gfeq' in&lon's ers%%@{oeb(e Hatlféh with &Ghis is the case, for

ending the entveeprecesd)esevelbls €r2d he aliscdsteamaning thef intdrsecteal points (40 of the sum
of f[he cc_)mplex trﬁj)e)%fler foné: ions éﬂ)f(%galg:i %(&tp)/@{ %* {%ﬁ+ 'r) eaarl]ld %Mt%)] gf[y{tﬂ Al 2] * (1 + i)) of the
paired signal &Hg , Y(tg)), which can bé 5 represented on the complex of real number plane, if
necessary aftercaprepriate rdoare @i@n ey rmsdns bether loblfpladeaidfimedfbyt the veewdrs (1, 1, -2)

and (1, 1, 1) Oh a0l a1 (hdlertd 204 OGRER ' A 1RGGHAERY" Aul's cgmplex or real

number plane, t
the conpl ex nunber plane, and then determ ning their

mean val ue (

ki
10 E1:= (X &) [ Ka;
hy :1)

- 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)] =

15 [y(t2)/v¥ 2] * (1 +i)) of the paired signal (x(t2),
y(tz2)), which can be represented on the conplex or real
nunber plane, if necessary after appropriate
conversion, by neans of the hal f-plane defined by the
vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2)

20 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
25 h2 :1)
as well as the nmean value (&*) of all intersection

poi nts (&mw, &2



10 in a gth step, and then determining their mean value ( kg := (4hq) kg hg = 1) as well as the mean
value (4*)of all intersection 15points (4111,,41-12,41-1q, k1k2lcq +42 + +4hgk2 kq), = 1h2 = 1hq =1)
as well as for determining whether the mean valu&%}m) 20closest to (4'0, where "(if is equal to 1 or 2
or ... or g, then lies within the interval [-()) + 4,1,4*0 where represents the fictitious standard deviation
CS > 0, freely selectable by the user also by a means, as well as for selecting signals (x(tm) or y(tm))
or 25transfer functions (flx(tm)] = [x(tm)/A/ 2] * (-1 + i) or gly(tm)] = [y(tm)/A/ 2] * (1 + i)) or sums of
these 130 of these signals or tragsfer functigns or sums to be

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

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

5 ~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

10 (f'x(ty)] =[x(ty)/N2] * (-1 +1i) or gly(t,] =
[y(ty)/~Y 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

15 entire process, as well as for determ ning whet her
possi bly two nmean val ues (&°, &%) have the sane di stance
to (&), and if this is the case, for selecting (&%)
and for determ ning whether (&%) lies within the
interval [-oc + &%, &%+ o], where crepresents the

20 fictitious standard deviation ¢ > 0, freely selectable
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 sunms of these transfer functions or specific

25 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)] =

30 [x(tq)/V2] * (-1 +i) and g'[y(tq)] = [y(tg)/V 2] * (1 +



matched with (4'),), and if this is the case, for ending the entire process, as well as for determining in
case of the same mean value whether different sigggls (x(t)s) 5or y(ts)) or transfer functions (flx(ts)] =
[X(ts)/Al 2] * (-1 + i) or gly(xs)] = [Y(xs)/Al 2] *+ 1)) ums of these transfer functions or specific
properties or parameters of these signals or transfer functions or sums, 1sq, exist, and if this is the
case, for 10selecting those signals (x(t)s) or y(ts)) or transfer functions (flx(ts)] = [x(ts)/A/ 2] *(-1 + i) or
gly(ts)] = [Y(ts)/A/ 2] *+ 1)) or sums of these transfer functions or specific properties or parameters of
these signals o) transfet funcpans edsyingribat sofar 1S appealed withitheh highesbisequency, as well

as for determining whether several signals (x(t)s) or y(ts)) or transfer functions (flx(ts)] = [x(ts)/A/ 2] *
(-1 +i)or eg(tgﬁ i fﬁ?s'?fﬁ %] of i)ﬁ&% shi f‘%%e g trﬁééﬁer ﬂH{E[[)ISFIS %?r %BScifi& roperties or
parameters 2(hetctbesarsigrais er trapgfeofuricibes cosumissicoar With the sameofrequency, and if this
is the case for,selecting thase signals (x(t)s).qr y(ts)) or transfer functions (fx(ts)] = [x(ts)/A/ 2] * (-1 + i)
or gly(ts)] = [Y[&%eilefé\/ B]g’a+n| ) gré ﬁ ﬁJer%sxé tr@s% t\r/élzlcs?fé)rrfS lﬁrictighs o%ipgééc f:)%dpé};’ties or
parametebs of thes sighals dr-tiansfdr, fuBtiensdon dum4 thdlt)exhitdt theomitiest saattehiag, i.e. those
for which the djffer - €IS rpaxi , r r ts hg{?es a the firgt index number of
the optimizatigLn steap{)}éﬁ ?ﬁpe@ivﬁ%ﬁ&%@rﬁfa@ﬁvg%ﬂ f(%t'ru eter'tmiﬁu?n%ni thigihgogapplies to
several signals (x(&)@'y@ B or trandfer femctideiserixita)] RYx té)eAr 2Jne@n +ipbre 3 gly(td)] =
[y(ts)/Al 2] * (1 + 1)) or sums of these transfer functions or specific properties or parameters of these
signals or transfer functions or sums, and if

q

&= (X &) | Ky

10 hy = 1)
as well as the nean value (&*) of all intersection
poi nts (&w, &2, ..., &na
K1 ko Kq
Eq= (Y &u + Y &t ... +Y &g )/ (ki + ko +...kg,
15 h]_:l h2:1 hq:].)

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

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

20 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

gy(tw)] = [y(tw) /¥ 2] * (1 +i)) or suns of these
transfer functions or specific properties or paraneters

25 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



this is the case, for selecting the first one that Sappears resp. its signals (x(ts) or y(ts)) or transfer
functions (flx(ts)] = [x(ts)/A/ 2] *(-1 + i) or gly(ts)] = [y(ts)/A/ 2] * (1 + i)) or sums of these transfer
functions or specific properties or parameters of thése signals or transfer functions or sums, as well as
for 10 determining whether two mean values from are close to (4*0, and if this is the case, for
determining whether in a g-lth step one of the two mean values resp. their associated signals (x(t) or
y(t)) or transfer functions (fIx(t)] = [x(t)/A/ 2] * (-1 + 1) or 15g[y(t)] = [y(t)/A/ 2] * (1 + i)) or sums of these

transfer functigweohgpedific puperis ohparameatensecinihess aignatsi drfteansher functions or sums
are selected, and if this is the case, for retaining those signals %x(t) or y(t)) or trgnsfer functions (fIx(t)] =
20[x(t)/A/ 2] * BLANGloP gk [9ft)/ KL PO iy} 6REhS bf tH¥ae el flinetldre br specific
properties or parar S Qf Yiese signals of yragsfey” iQRS or ) S N\QII as fpy dgtermining
whether the thus se eged mgejan v;ue then I)ltes witeglln% gg intef\?aqlif% +4%7 4,_4VPCS [, where CS
represents the fidtitious Starladdl debrgiontcIesd gfedyseietRibte BY tisdaserd dlSo by a means, by

selecting {0 be,mateliad with ghis mearyalde dhe, signals@ (1 og e O dransferfupgtions (fix(t)] =
[X(t)/A/ 2](-1 +1) or 30gly(t)] = [y(t)/A/ 2] * (1 + 1)) or sums of these transfer functions or specific

properties or patameiers s132 ofthese sigrials of transfex fuictisng or smsh afd ¥6r élding the entire
process, as wgl&gé, f or foL aeéfg{miq@ 3 Al sgqpbilqalpg seg gyrrgpSJFPE)a§ergpd for the cith step

is performed and for "
transfer functions (f'[x(t9] = [x(t9/V 2] * (-1 +1i)

or g'[y(t9] =[y(tg/~¥2] * (1 +i)) or sums of these

10 transfer functions or specific properties or paraneters
of these signals or transfer functions or suns that so
far appeared with the hi ghest 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)

15 or g'[y(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 sums occur
with the sane frequency, and if this is the case, for
sel ecting those signals (x(tgy or y(tg) or Transfer

20 functions (f'[x(t9] = [x(t9/V2] * (-1 +1i) or gy(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 sunms that exhibit the
w dest scattering, i.e. those for which the difference

25 d - cis maxinmum where d represents the last and c the
first index nunmber of the optim zation 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] * (-

30 1 +i0) or gy(tg] = [y(t9/N2] * (1 +i)) or suns of
these transfer functions or specific properties or
paraneters of these signals or transfer functions or



continuing the process, as well as for determining whether one mean value fulfills the above
requirements or a maximum number of allowed optimization steps has been reached and thus whether
the process should be ended, and if this is the ca ,efor ending the entire 10process.  24. Device
according to one of the claims 13 to 23, with means for compression or data reduction or other
selective evaluation.
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 +i)
or g'[y(t9] =1[y(t9/V2] * (1 +i)) or suns of these
5 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 (&*), and if this is the case for
deternining whether in a g-1'" step one of the two mean
10 values resp. their associated signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/V 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
15 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
20 functions or sums, as well as for determ ni ng 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
25 wth this nean value the signals (x(t) or y(t)) or
transfer functions (f'[x(t)] = [x(t)/~N2] * (-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, and for

30 ending the entire process, as well as
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- for performnga g+1'" step in the sane form as
represented for the qth step and for continuing the
process as well as for determ ni ng whether one nean
value fulfills the above requirenents or a maxi mum
nunber of allowed optim zation steps has been reached
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(ty)] =
[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)/V2] * (-1 + i) and g'[y(t2)] =
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[y(to)/V 2] * (1 +i)) of the paired signal (x(ts),
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)
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= (X &)l 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 whet her 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(te] = [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
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- 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
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 q" 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 crepresents the fictitious standard deviation ¢ >
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
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of these signals or transfer functions or sunms to be

mat ched wth (&w), 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] *
(-1 +i) or gy(tg] =[y(t9/N2] * (1 +i)) or suns 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(tg/N 2] * (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/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 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/N2] * (-1 + i) or g'ly(t9]
= [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 nunber 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
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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
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 suns, as well as for
determ ni ng whether two nean val ues from (&°, &, ..., &%)
are close to (&*), and if this is the case, for
deternining 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)/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 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
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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
whet her one nean value fulfills the above requirenents
or a maxi nrum 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 one of the clains 13 to 23,
wi th nmeans for conpression or data reduction or other

sel ecti ve eval uati on.



