1 APPARATUS AND METHOD FOR THE TIME-ORIENTED EVALUATION AND OPTIMIZATION OF
STEREOPHONIC OR PSEUDO-STEREOPHONIC SIGNALS The invention relates to devices
and methods for stereophonizing a mono signal reép for obtaining pseudostereophonic signals.

In particular, time resp. phase differences between different signals are more closely analyzed, in
order on the one hand to be able to draw conclusions as 10 to the acoustic properties of the signals
and on the other hand to synthethize stereophonic or pseudostereophonic signals (this term also

includes signals Wlth FQAWO ?GB”N@ H&? ‘]HE?? ﬁ_@ stlc properties in an
seu onic s nals are ana

ideal form. 15In partlcular stereophonlc or stereo zed that have been

generated accord% é\T Ah@h%) bé\ém @EI@SS% Kb 61188005 or
W02011/009649 or WOZOll/OOMlDGEIEII]’E&EﬂH—i&#b.CP(SI‘ /ERA0EL/063322 and 20 that are to be
optimized either in terms of their psychoacoustic properties or that are to be matched with existing
stereophonic or pseudostereophonic signals in terms of their psychoacoustic properties. Methods so
far in connection with EPIBB063% en2bMi02@0%H18820% oftiwizecthegradametdrsasclusively in terms

of an angle-depgndenbyIERIRAICH HG HRYAHS PRI AP%%V‘S“”Q‘ GrthedpHioRg this

arrangement is addélonall sub ected to g time-dependent virtualization. 30The present invention not

only explores Bif p8 Qﬁﬁl Ql%H § vtk i3hSon - partly through

In particular, tine resp. phase differences
between different signals are nore closely analyzed, in
order on the one hand to be able to draw concl usions as

10 to the acoustic properties of the signals and on the
ot her hand to synthethi ze stereophonic or
pseudost er eophonic signals (this termal so includes
signals with nore than two channels) that al so exhibit
these or other acoustic properties in an ideal form

15 In particular, stereophonic or
pseudost er eophoni ¢ signals are anal yzed that have been
generated according to devices or nethods according to
EP1850639 or WO2009/ 138205 or WO2011/ 009649 or
WO2011/ 009650 or CH01264/ 10 resp. PCT/EP2011/ 063322 and

20 that are to be optimzed either in terns of their
psychoacoustic properties or that are to be natched
wi th existing stereophonic or pseudostereophonic
signals in terns of their psychoacoustic properties.

Met hods so far in connection with EP1850639 or
25 W0O2009/ 138205 optim ze the paranmeters exclusively in
terms of an angl e-dependent virtualisation of a classic
M5 array. According to the invention, this arrangenent
is additionally subjected to a tine-dependent
virtualization.

30 The present invention not only explores all
possibilities of such a virtualization — partly through
the radical sinplification of the systens existing with



the radical simplification of the systems existing with 2 EP1850639 or W02009/138205 or
W02011/009649 or W02011/009650 or CH01264/10 resp. PCT/EP2011/063322 - but even achieves
their automatization through the unexpected refornfulation of the so-called inverse 5 problem known
for noise filters and interference filters. Hereinafter, the state of the art will be described, in particular
with respect to devices or methods for obtaining, improving or optimizing 10 stereophonic or

pseudostereophonic audio signals. EP0825800 (Thomson Brandt GmbH) proposes the
generation of di Hyls of Si naQ, | I s Qf filtering, said signals
being used - @fggﬁgg&ﬂ o?! SHERRID 810138589 %P”Rgg)%lgiii‘} BY o

using a methodé)roEosed auridsen based on amplitude and time

difference corr&ea8hd/ RRGathdPon HEALBHMiR] sitealon Pl &= iRB3R&Agie-band stereo
signals separdiely, evah aerlthen ssbsduentlyutoonizined a0 farm tWwo ouiplit Sigeals.

20WO/2009/1329% 88 Ml 3%FBLARPEIY HRSHIPE Aoge atherseimerird g methodically

evaluating the angle of incidence for the sound.event that is tp be mapped, said angle of incidence
being engfosea rb%i@%%ﬂ% Bptrher}ﬂfc?c?pﬁdrletﬂ(ftr%n&ﬁéé?ibﬁfﬂ §>€i§ B&%or the sound source,
this being achfevietigsysapplying time differences and amplitude corrections which are functionally
dependent on the original recording situation (which may be interpolated by using the system). The

095173044 (Begault DUl aULS AR TRLE Hett Hobled Pkt HhiclioRey. whion correlats with
90, 120, 240 HRSET( BEgheckhZRANN @3haktivily, Ro 18 BRErehtt) AEY)EEBUPINiformly amplified
monophonic 3nephiosigndlotheoiormiedisignals$ mpiusy betngoiinadlytsuperimpypsed on the original mono
signal. 'géhis %‘i‘%ﬂﬁ é*&z)ﬁ ligiggy C%{é"e‘i}ia’é‘s%’“é?’r 5B diffelgRrS CQirgeiqns are chosen
independently of the recording situation
EP0825800 (Thomson Brandt GrtbH) proposes the
generation of different kinds of signals froma nono
i nput signal by neans of filtering, said signals being
used — for exanple by using a nmethod proposed by
15 Lauridsen based on anplitude and tinme difference
corrections, depending on the recording situation — to
generate virtual single-band stereo signals separately,
whi ch are then subsequently conbined to formtwo out put
signal s.

20 WO 2009/ 138205 as wel |l as EP1850639 descri be
anong others a nmethod for methodically evaluating the
angl e of incidence for the sound event that is to be
mapped, said angle of incidence being enclosed by the
main axi s of the mcrophone and the directional axis

25 for the sound source, this being achieved by applying
time differences and anplitude corrections which are
functionally dependent on the original recording
situation (which may be interpolated by using the
systen). The contents of WJ 2009/ 138205 as wel | as of

30 EP1850639 are hereby incorporated as a reference.

US5173944 (Begault Durand) applies HRTFs (Head
Rel at ed Transfer Functions), which correlate with 90,
120, 240 and 270 degrees azimuth respectively, to the
differently del ayed but uniformy anplified nonophonic



US5671287 (Michael A. Gerzon) proposes among others cascaded all-pass filters for forming a
pseudosterophonic signal. A further suggestion relgtes to the use of all-pass filters in both channels,
with a 10 frequency-dependent rotation matrix beinaé connected downstream thereof; although this
method manages to disperse sound sources having the same frequency, there is no perceptible
spatial separation of these sound sources as achieved by EP1850639 or W02009/138205 or
15W02011/009649 or W02011/009650 or PCT/EP2011/063322 W02011/009649 proposes the

ostensibly not; I nst n [ ters or

equivalent meg}#é%r? Jj Ice acclEo ng%r@? %ég r%%% P@Sg;gg{ gfter%ilo@peo decoding
has taken placM@ffer TRM EIn&ixt ﬁ)‘? VHiE 9t el AR S s @nalg) 4 fhd RIS 192§~ 25 applies,
has been passdtethaoqgh); wihechc-ounlietin dime aase bhimténgity siérfebphenicesignals, i.e. for stereo

signals which giffer expluivelvadetnp eLielaupe fu ROt i tsfmeed s isgs plgase diferences

or differe fre(ﬁ;uen% spectra - do not 30 result in the intended narrowing of the image width or in the
intended shifti b t¥did Ralisation direction of the obtained stereo signals, but rather result in 4 the
degree of correlation being increased or decreased. The contents of CH701497 resp. W02011/009649

are hereby incorporated gsgaeiergnce.\VORA:1L/0ORI66R enahlesbpRitaY Mechimes of

ot hers cascaded all-pass filters for form ng a pseudo-
st erophoni c signal. A further suggestion relates to the
use of all-pass filters in both channels, with a

10 frequency-dependent rotation nmatrix being connected
downstream t hereof ; although this nethod rmanages to
di sperse sound sources having the sane frequency, there
is no perceptible spatial separation of these sound
sources as achi eved by EP1850639 or WO2009/ 138205 or

15 WO2011/ 009649 or WO2011/ 009650 or PCT/ EP2011/063322.

W02011/ 009649 proposes the ostensibly not
pur posef ul downstream connecti on of one or nore
panor am c potentioneters or equivalent neans in a
devi ce according to WO2009/ 138205 or EP1850639 after

20 stereo decodi ng has taken place (after an M5 nmatri X,
for which the relation

—
I

(M+S) * 1/ 2

and

Py
I

(M- S) * 1/V2

25 applies, has been passed through), which — unlike in
the case of intensity stereophonic signals, i.e. for
stereo signals which differ exclusively in ternms of
their levels but not in ternms of tine resp. phase
di fferences or different frequency spectra — do not

30 result in the intended narrowing of the imge wi dth or
in the intended shifting of the localisation direction
of the obtained stereo signals, but rather result in



5 those parameters that form the basis for generating stereophonic or pseudostereophonic signals.
The user is provided with means for specifying the degree of correlation, the definition range, the
loudness as well as further parameters of the resulting signals 10 according to psychoacoustic
aspects, and hence for preventing artifacts. The contents of CH01776/09 resp. W02011/009650 are
hereby incorporated as a reference. CHO01264/10 resp. PCT/EP2011/063322 for the first time
makes it possible to evaluate invariants for 15 example of the combination of two or more at least

tly slightl igpal ir; - f Ions, [ | t f
?u?cﬁosngapﬁﬁﬁ%?éfg%@ﬁ%%%?%f O e e or example fo

or'example a
two or 20 mord fTaRt §9hS Kcibh¥ 414 B8s&iBRPo d@%f%o]r{c A QEHRR SBYerties (for
example the suncof thertedrsteradanetiores e Bhs ¢x(t)/A/ 2] * (-1 + 25 gly(t)] = [y(t)/A/ 2] * (1 + for a
stereophonic audio signal x(t), y(t), where x(t) represents the function value of the left input signal 30 at

the point in time t, y(t) re nts, t tion value of the right.input signal at the point in time t), and
thus for example devices%%?o&é%%@bt%ﬂﬁ?qgﬂ%p"flgviﬂ. tor mn(ffmb %Fergiphonic or
pseudostéreoptisri€ apaiosgh & Tahinstquentiynise B8afibfaded JSiREE &té b@ntents of this
document havetngt degRdniblisbed pstedase of dpRmseat 5 gprlicatiomhibelisonterygs are
reproduced in fyllo\k}?rggge\r,\ﬁ Qiﬁcl%grnesofftgg iréveenéilop Ai\chc rgiﬁg tg} é)nFeaéc’pﬁFt of the invention, a 5
method for ster?eophonlz[ng a mono signal resp.l?or obt\élnircr% pseu os?ereop onic signals is proposed,

correlation, the definition range, the |oudness as well

as further paranmeters of the resulting signals

10 according to psychoacoustic aspects, and hence for
preventing artifacts. The contents of CHO1776/09 resp.
WO2011/ 009650 are hereby incorporated as a reference.

CH01264/ 10 resp. PCT/ EP2011/063322 for the

first tinme makes it possible to evaluate invariants for

15 exanple of the conmbination of two or nore at | east
partly slightly decorrelated signals or of their
transfer functions, wherein these signals or transfer
functi ons appear to be conpletely random (such as for
exanpl e audi o signals), so that for exanple for two or

20 nore different signal sections it is possible to draw
conclusions as to their properties (for exanple the sum
of the transfer functions

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

frx(t)]
25

g*ly(t)] = [y(t)/V 2] * (1 +i)
for a stereophonic audio signal x(t), y(t), where x(t)
represents the function value of the left input signa
30 at the point intime t, y(t) represents the function
val ue of the right input signal at the point in tine
t), and thus for exanple devices or nethods for
obtai ning, inproving or optimzing stereophonic or
pseudost er eophoni ¢ audi o signals can consequently be
35 calibrated. Since the contents of this docunent have
not been published at the time of the present



wherein calculated time differences are multiplied, prior to their being used on a mono signal to be
rendered stereophonic, with a time parameter (s), which 10 is greater than zero, and thus yield new
time differences (LA'=LA*s, LA'=LB*Sresp. La =s, Lpf=Lp *s). According to another
aspect of the invention, a further time parameter s is introduced in addition to 15 the parameters f
(resp. n) which describe the directional pattern of the signal that is to be rendered stereophonic, the
angle y - to be ascertained manually or by metrology - enclosed by the main axis and the sound

, the ficiti [ I t Ictiti | ' , the att ti Kk
o else p ot T OHE (16 T2l Sotec S s nc e PSR G 0B ks the angley

enclosed by tREM&H HFE and the sound source as well as the attenuation k or else p for forming the
25 resulting stereo signal in the case of EP1850639. This additional time parameter s, when multiplied

with the time differences agand,ksp,£i8 the capg of M\R2AQ9}38205) resp. with the time differences LA
and LB (in the case of EP1850639), determines new time 30 differences La' and Lpf (in the case of

W02009/138205) resp. new time differences LA" and LB’ (in the case of EP1850639), which replace
the former time differencé¢ carationg tespo A &sPEB! 60f t hernenaferd,itostar@with, for any s >0

the following isrint PrRPiplertrue: ¢HRYHGrias 7i kMBS ynal r esiR(allbdsin2a) + f2(y) - (f(@)*
1) " S ) IS et AN BUL a0t eP ol oM &S8P yhal S P44 PPaRos Eafy) * (10) 1) siny) /

wherein calculated tine differences are nmultiplied,

prior to their being used on a nono signal to be

rendered stereophonic, with a time paranmeter (s), which

10 is greater than zero, and thus yield new tine
differences (LA =La* s, Lg =Lg * s resp. Ly =Ly *
S, Ly =1Lg * s).

Accordi ng to anot her aspect of the invention, a
further tinme paraneter s is introduced in addition to
15 the paraneters f (resp. n) which describe the
directional pattern of the signal that is to be
rendered stereophonic, the angle ¢ — to be ascertai ned
manual |y or by metrol ogy — enclosed by the main axis
and the sound source, the fictitious |left opening angle
20 a and the fictitious right opening angle B, the
attenuations A or else p for formng the resulting
stereo signal in the case of WO2009/ 138205 resp. the
angl e ¢ encl osed by the main axis and the sound source
as well as the attenuation A or else p for formng the
25 resulting stereo signal in the case of EP1850639. This
additional time paraneter s, when nmultiplied with the
tine differences L, and Lg (in the case of
WO2009/ 138205) resp. with the tine differences La and
Lg (in the case of EP1850639), determ nes new tine
30 differences L, and Lg (in the case of WOR2009/138205)
resp. newtine differences L,y and Lg (in the case of
EP1850639), which replace the forner tinme differences
L, and Lg resp. La and Le.



10(in the case of W02009/138205) resp. (3D)LA" = LA= H(5/1 - Siny) - 1/2] * s and (4D)LA' = LB=
H(5/1Siny) - 1/2] * s (in the case of EP1850639). 15The choice of s, as shown in practice, is not trivial.
If s is chosen too small, the pseudostereophonic ef?ect to be achieved disappears, if s is chosen too
great, disturbing artifacts will result. If s is about 100 milliseconds, this will yield 20 for a device or a
method according to EP1850639 or W02009/138205 or W02011/009649 or W02011/009650 or
CH01264/10 resp. PCT/EP2011/063322 ideal pseudostereophonic signals that exhibit the same
quality as with a classic rding techn; 5 have al thers at the ideal range
for s is between 29 miI,IisIE?gfgs?éwn%gMe%Qnihci{secr:(lnznﬁﬂﬁ’ 1 &A%ina%? gm (\;\E:Irlhmégnt of the invention
that is advantdg¥duRWbPthe SsdrhfE LRSI theldo8ivility of freely selecting s > 0. Similarly, the
devices and methods or systems represented in EP1850639 or 5WW02009/138205 or W02011/009649
or W02011/0006pf or CHl01264/10 sesp. EC{TJEP@Q};&/ﬁ)ggg%&gllqw\yhe automatized or interactive

I

determination of the new parameter s. Fgr exam % In FIG, 15D, In o!gdi jon to f %ep p. n), which
describe the directional p{gtteﬁﬁ)gfaﬁsthg ﬂgné{l tﬁa fgyto'be( }e%ﬁ)ereg Bleophnt®né angle y - to be
ascertain@d manually or BY meetidlody Senclosed by the main axis and the sound source, the fictitious
left opening angle a and the fictitious right opening angle p, in the same manner the new

and

(2D) Ly =Lp* s ={- f(B)/(2sinB) +

[f2(B)/(4sin?B) + f2(¢) + (f(B) * f(g) * sing) /
sinfB ]} * s

10 (in the case of WX2009/138205) resp.
(3D) La' = La * s = [V(5/4 - singp) — 1/2] * s
and
(4D) Lg = Ls * s = [V(5/4 + sing) — 1/2] * s
(in the case of EP1850639).

15 The choice of s, as shown in practice, is not
trivial. If s is chosen too small, the
pseudost er eophoni c effect to be achieved di sappears, if
s is chosen too great, disturbing artifacts w ||
result. If s is about 100 mlliseconds, this will yield

20 for a device or a nethod according to EP1850639 or
WO2009/ 138205 or WO2011/ 009649 or WO2011/ 009650 or
CH01264/ 10 resp. PCT/ EP2011/ 063322 i dea
pseudost er eophoni ¢ signals that exhibit the same
quality as with a classic M recordi ng technique.

25 Tests have al toget her shown, that the ideal
range for s is between 29 mlliseconds and 146
m | liseconds.



15 parameter s, which has a direct influence on the sum of the transfer functions fIx(t)] = [x(t)/Al 2]
* (-1 +1) 20gly(t)] = [y(t)/A/ 2] * (1 + i) for a stereophonic audio signal x(t), y(t) (where x(t) represents
the function value of the left input signal at the point in time t, y(t) represents the function 25 value of
the right input signal at the point in time t), is optimized iteratively in the same fashion as f (resp. n), y,
a, 0. This means in particular automatically and optimally choosing such parameters which form
the basis 30 for the generation of stereophonic or pseudostereophonic signals, resp. a method and a

device for optimally and %ut\ggﬂ%ﬂpy gm%@ll g]f?) ?}cu{q{ky tlhﬁ\p&%lmgﬁa g:}%,tk iRresp. f (resp. n),

a, p- and henceforth newly s) while generating sali stereophonic or pseudostereophonic signals. B
Such a metho@%é‘ﬁ‘tsﬁlﬁ:ﬁ%éew@é aw%té'ﬁ(‘féd s uakd 9(5 géleH‘?rOW%lsdllli’r'ahf df decorrelated,
in particular psdudosebgplsatiecsignal \ariants, ti8ise Whosy detbreeldéun efouaddo be particularly

advantageousyet hodé® Qﬁ—rtl ak, étn%h Pe OSBRI 10 NEEgREHEwgselection criteria themselves in
a form as ffici co asp be a als of different nature
(for 10 ex @;ﬁ@%h%ﬁ%%aﬂcéag{ t Wéi%gﬁﬁé&) it q@%@%ﬂn&%ﬁ%@)r&d uction thereof.
According to drd0dsfedt, MQORe s O0BEB0 BRASUSESsbdedee ahtiawrickitod for obtaining
pseudostereoph@riggtinu gignals xiteard vty ey deingrarpiesee daceder; A whakein x(t) is the
function value of th(?TE sultlnsg Ielfg out%g(t (}r&nnel F\i'r]thglt@e 5a[r)1d ){(9 %pﬁ{ nocrlllop va{ue of the

resulting rlght%u{put Shnél at
(resp. n), which describe the directional pattern of

10 the signal that is to be rendered stereophonic, the
angle ¢ — to be ascertained manually or by netrol ogy —
encl osed by the nmain axis and the sound source, the
fictitious left opening angle a and the fictitious
right opening angle B, in the sanme nmanner the new

15 paranmeter s, which has a direct influence on the sum of
the transfer functions

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

20 g'ly(t)] = [y(t)/N2] * (1 +i)
for a stereophonic audio signal x(t), y(t) (where x(t)
represents the function value of the left input signal
at the point intinme t, y(t) represents the function
25 value of the right input signal at the point in tine
t), is optimzed iteratively in the sane fashion as f

(resp. n), o, a, PB.

This nmeans in particular automatically and
opti mal |y choosi ng such paranmeters which formthe basis
30 for the generation of stereophonic or
pseudost er eophoni ¢ signals, resp. a nethod and a device
for optimally and automatically determ ning
particularly the paraneters (¢, A, p resp. f (resp. n),
a, Bp— and henceforth newly s) while generating said
35 stereophoni c or pseudostereophoni c signals.



the time t, in which the obtainment is iteratively optimized until <x(t), y(t)> is within a predetermined 20
definition range. 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 optimized
until a portion of 25 <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 30 definition range can be usefully stipulated for example by the inequality Re2{flx (+(t

)* 1/a2 + Im2{flx ( + gly(t)ﬁ} hgr(ﬁlg tﬂ e Zgg S flg)(l ) é%\g] é Ja?L é';tnid?g) O{y(t)/A/ 21 * (1 +

apply for the complex transfer functlons Ix(t of the output signal x The user

can arbitrarily §8pR&te'S&h 4 AefiftiBRrande VA the é&@bf e Hit drGOBF ﬁtea&?rﬁplex number
plane resp. of ittme paadginary atis AS€if dios hrep@opholevel, ofshgmakputasigreat ixét), y(t) has been

normalized orthg JBILAGER). R Lsingdhamakameerio @it o be particul arly

5 advant ageous.

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

According to one aspect, WOR2011/ 009650 proposes
a device and a nmethod for obtaining pseudostereophonic
out put signals x(t) and y(t) by using a stereo decoder,
15 wherein x(t) is the function value of the resulting
| eft output channel at the tine t, and y(t) is the
function value of the resulting right output channel at
the tinme t, in which the obtainnment is iteratively
optim zed until <x(t), y(t)>is within a predeterm ned
20 definition range.

If there are dropouts or simlar defects,
however, an insignificant quantity of single points may
lie outside the definition range. In this case, the
obtainment is iteratively optimzed until a portion of

25 <x(t), y(t)>is 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

30 definition range can be usefully stipulated for exanple
by the inequality

ReZ{f[x(t] + g'[y(t)1} * 1/a* + Inf{f [x(t]
+g'y(t)]} <1



This principle also remains valid when a reference system other than the unit circle of the 15 complex
number plane is chosen and a different new definiti(s)n range is defined. "Definition range" is therefore
understood generally to mean an admissible range “of values for <x(t), y(t)> of the output signal x(t),
y(t), which, overall, is intended to contain 20<x(t), y(t)> in full or in part (for example in the case of
defective sound recordings which show what are known as dropouts). In a preferred variant
embodiment, the degree of correlation of the output signals (x(t) and y(t)) is 25 normalized. In a
preferred vari &n%l?qpimgt,rtg? (Jﬁ\{eéﬂgthe maximum of the resulting left and right channel is
normalized. In this way, certain parameters can be iteratively optimized in order to attain the desired
definition range, without said parameters 30 affecting the degree of correlation or the level of the 10
maximum of the resulting léf (chphrel prdright/cBhnhel( itlalso makes sense if - for extremely different
parameterizations for y resp. f (resp. n), a, s p and henceforth newly s - criteria which are dependent
on 1<x(X), Y(X)>| are used for the stipulation. For this purpose, according to the invention, a
corresponding%éﬂge of values dependent on 1<x(t), Y(t)>I is normalized, so as to constitute a criterion

g'ly(t)] = [y(t)/¥2] * (1 +1i)

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

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

parameter a, 0 < a < 1.

This principle also remains valid when a

reference systemother than the unit circle of the

15 conpl ex nunber plane is chosen and a different new
definition range is defined. “Definition range” is
t herefore understood generally to nmean an adm ssi bl e
range of values for <x(t), y(t)> of the output signa
x(t), y(t), which, overall, is intended to contain

20 <x(t), y(t)>in full or in part (for exanple in the
case of defective sound recordings which show what are
known as dropouts).

In a preferred variant enbodi nent, the degree
of correlation of the output signals (x(t) and y(t)) is
25 normalized. In a preferred variant enbodi nent, the
| evel of the maxi mumof 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
30 affecting the degree of correlation or the |evel of the



10 for the optimization of the parameters. In one embodiment, a method for obtaining
pseudostereophonic output signals x(t) and y(t) by using a converter is therefore proposed, wherein
X(t) is the function value of the resulting left outputjl channel at the time t, wherein y(t) is the function
value of the resulting right output channel at the time t, wherein the complex transfer functions f[x(t)]
and gly(t)] of the output signals are defined: 20flx(t)] = [x(t) /Ai 2] * (-1 + gly(t)] = [y(t)/A/ 2] * (1 + in
which the obtaining is iteratively optimized until 25 the following criterion is satisfied: Re2{flx (t] +

gly(t)11 * 1/a2rgh%ﬂ1?éjl¢(gg+oglp{g)_]rl_éls M\{i}qrﬁgallesftipu@g%%m deﬁirdzdrq%m}jtion range. A remarkable
ods for |

aspect of the me obtaining pseudostereophonic signals according to W0/2009/138205 or
according to EBI0839 is the fact that they always provide a perfect center signal. For this reason,
the short time cross correlation 11 (1B)r = (1/217) * f x(t)y(t) dt -T * (1/x(t)iffy(t)iff)

It al so nakes sense if — for extrenely

di fferent paraneterizations for ¢ resp. f (resp. n), a,
5 B and henceforth newly s — criteria which are dependent

on |<x(t), y(t)>| are used for the stipulation. For

this purpose, according to the invention, a

correspondi ng range of val ues dependent on |<x(t),

y(t)>| is normalized, so as to constitute a criterion
10 for the optim zation of the paraneters.

In one enbodi nent, a nmethod for obtaining
pseudost 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

15 channel at the time t, wherein y(t) is the function
val ue of the resulting right output channel at the tine
t, wherein the conplex transfer functions f'[x(t)] and
g'[y(t)] of the output signals are defined:

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

[y(t)/N2] * (1 +1i),

gly(t)]

in which the obtaining is iteratively optimzed until
25 the following criterion is satisfied:

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

where 0 < a £ 1 stipulates the desired definition

range.

A remar kabl e aspect of the nethods for
30 obtaining pseudostereophonic signals according to
WO 2009/ 138205 or according to EP1850639 is the fact
that they always provide a perfect center signal. For
this reason, the short time cross correlation



5 is introduced here for the time interval [-T, 1] and the output signals x(t) from the left channel and y(t)
from the right channel. As already mentione% it makes sense if a uniform degree of correlation
is attained for extremely 10different parameterizati }lls for y resp. f (resp. n), a, and henceforth newly s.
For this purpose, according to the invention, the degree of correlation between the output signals (x(t)
and y(t)) is normalized. This normalization can preferably be stipulated by means of 15 the specific
variation of k (left attenuation) or p (right attenuation). On the basis of the uniform degree of
correlation, the signal attained can now be systemg&ically subjected to evaluation criteria that 20 can
be influenced by the user. It also makes sense if a uniform level for the maximum of the resulting left
and right channel is bein§ B&hindd for €k{réhkly differehd YamdEriza- tions for y resp. f (resp. n), a,
p and henceforth 25 newly s. For this purpose, in th& represented system, the level of the maximum of
the resulting left and right channel is normalized, so that this level is not influenced by the optimization
of the parameters. It makes se/nsie Sor ex rtr}ple, for the level 30 control for the maximum of the left
signal L and of the right sigﬁ& K (; 'rﬁfFa}flct eeiJAiforme confined for example to 0 dB by means of a
first logic element.

5 is introduced here for the tine interval [-T, T] and
the output signals x(t) fromthe left channel and y(t)
fromthe right channel.

As al ready nentioned, it nmakes sense if a

uni form degree of correlation is attained for extrenely
10 different paraneterizations for ¢ resp. f (resp. n), a,

Band henceforth newly s. For this purpose, according

to the invention, the degree of correl ation between the

out put signals (x(t) and y(t)) is normalized. This

normal i zati on can preferably be stipul ated by nmeans of
15 the specific variation of A (left attenuation) or p

(right attenuation).

On the basis of the uniform degree of
correlation, the signal attained can now be
systematically subjected to evaluation criteria that

20 can be influenced by the user.

It also 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 o resp. f (resp. n), a, P and henceforth

25 newy s. For this purpose, in the represented system
the |l evel of the nmaxi mumof the resulting left and
right channel is nornmalized, so that this level is not
i nfluenced by the optim zation of the paraneters.

It makes sense, for exanple, for the |evel
30 control for the maxi mumof the left signal L and of the
right signal Rto initially be uniformy confined for
exanple to 0 dB by neans of a first logic el enent.



12 It also makes sense if - for extremely different parameterizations for y resp. f (resp. n), a, F and
henceforth newly s - criteria which are dependent ﬁ% <X(t), Y(t)> or 1<x(t), Y(t)>I are used for the
stipulation. For this purpose, according to the invention, a corresponding range of values is
normalized, so as to constitute a criterion for the optimization of the parameters. x(t) and y(t) are
mapped within the unit circle 10 of the complex number plane. The function fIx(t)] + g[y(t)] can now be
analyzed in more detail in order to draw conclusions concerning the quality of the respective output

signal from a device accordi W / r EP1850639,.for ple. Any 15 decorrelation
between the two signalsTIf(S‘?a%% glth;; is #ﬁfls(s)escige eqtﬁ@gleﬁ(tto?ae ﬁﬁl ction an the real axis when
analyzing the RIHctigh & BEo)PRGNB e &kt 8e Serts HRStBiork dpliffFed 9 ackording to said
criterion for exgnapid foebReffl(t)]+ glgtd YL1sard torilineiflx@)] whglgf)1die ndeednBedffix (t] +)* 1/a2

+ Im2{flx (t] + BW(Q];(J(]b)V‘,’h??tqa; %’ypulp&si {I')q d@qi@dﬂpfi@,it@m%f&prf% t he This method has

proven itself to be arly advantageous, since a single parameter, namely a, takes optimum

ticul
b coount o in ARl tHeTiti5nt WAl te SRS SR SRR PomLablIEe of

i nvention, a correspondi ng range of values is
normal i zed, so as to constitute a criterion for the
opti m zati on of the paraneters.

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

gly(t) 1.

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

+ g ly(t)} and for [In{f'[x(t)] + g'ly(t)]}|, namely

ReZ{f [x(t] + g'ly(t)1} * 1/a* + Inf{f [x(t] +
g'ly(t)]} < 1,

where 0 < a £ 1 stipulates the desired definition

25 range.

This method has proven itself to be

particul arly advant ageous, since a single paraneter,

nanely a, takes optinmum account of, in particular, the

di fferent nature of the output signals froma device or
30 a nmethod according to WO 2009/ 138205 or EP1850639. The

paraneter may preferably be dependent on the type of

the audio signal, for exanple in order to process

speech or nusic differently on a manual or autonatic



30 a method according to W0/2009/138205 or EP1850639. The parameter may preferably be
dependent on the type of the audio signal, for example in order to process speech or music differently
on a manual or automatic 13 basis. In the case of Speech, unlike music recordings, the definition
range determined by the parameter a preferably needs to be restricted significantly due to disturbing
artifacts such as high frequency sidetones 5 during the articulation. In addition, given the
limitation to a single parameter a, any optimum function range can be chosen for flx(t)] + gly(t)] based

on the unit C”‘H‘%?%D tp?]np gln@%gmsf 1gr§)g‘éecﬂgnﬂlﬁ| (Qey(plgq go}%q:tm gforementloned

conditions, the invention |nvo VvesS op timization bein carrle OUtb re- etermlnlng eparametersyor

f (resp. n) or atd1& BEAERIY Oac&ﬂfﬂ% t@eénel’té%ﬂ\%j pFB’ceru?e Bt X RIRENEY 15 with the function
values Xx[t(y, f,[&, & sj]abidyy[t(gelda, Dpskheespe iy, at, @d Os &) mindi yf&gytn,ya, dis)]t-avhilst executing
s:ceﬁs ?escrlbqﬂ og% [ﬁ,rmq;gxg} ang e} @%gﬁe ggor@,msﬂtl@rp ggrp\q;yogsf d@laJHgger step, the relief
of the functio X(t

for e>tample Is now analyzed for the purpose of maximizing the
function valuef théra8f stslb(f FERRR that this procedure is equivalent to the maximization of

25(6B)f Iflx(t)] + gly(t)11 dt -T this expression, for its part, remains less than or equal to the value of
30(7aB)J a* 11/ A/11 - (Ly 2d)di3indArg kD the Iinitation to a single

paraneter a, any optinmum function range can be chosen
for f'[x(t)] + g'[y(t)] based on the unit circle resp.
the i magi nary axis.

10 If the signals x(t), y(t) do not satisfy the
af orementi oned conditions, the invention involves
opti m zation being carried out by re-determning the
paraneters ¢ or f (resp. n) or o or B or newy s —
according to an iterative procedure that is natched

15 wth the function values x[t(o, f, o B, s)] and y[t (e,
f, o, B, s)] resp. x[t(op, n, o PB, s)] and y[t(e, n, «a,
B, s)] — whilst executing steps described so far until
x(t) and y(t) neet the aforenentioned conditions.

In a further step, the relief of the function
20 f[x(t)] + g'[y(t)] for exanple is now anal yzed for the
pur pose of maxim zing the function values thereof. It
is possible to show that this procedure is equival ent
to the maxi m zation of

*

25 (6B) [|f
-T

[X(t)] + g'[y(t)] dt

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

T
30 (7aB) S oa * {1 / N[l - (1L - a® * sin®arg {f[x(t)]
T



-T  g*[y(D]1]} dt. In this case too, the user is provided with a tool insofar as he has a free choice
of the limit value R* (or the deviation A defined by ihe inequality (8aB), 5 see below) for this
maximization within the context of (8aB). Overall, t é following condition must be met for the total
number of possible signal variants xj(t), y(t): 10(8aB)0- Af Ifix(t)] + gly(t)11 dt -T max f Iflx,(t)] if*[xj(t)],
g*lyi)} ECD -T 15+ gly (t)11dt R+ A a*11/Ai[l- (1 - a2) *sin2 arg {fk[x(t)] 20+ g*[y(t)1111 dt
R* and A are directly related to the loudness of the output signal that is to be attained (i.e. to those
parameters which the Iistgnlgs % Sa]lgeﬁ as a basis for assessing the validity of a stereophonic 25
mapping). If the neig l) f %e imit 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 15 In this case too, the user is provided with a

tool insofar as he has a free choice of the limt val ue
ﬁ'(or the deviation A defined by the inequality (8aB),
5 see below) for this nmaxim zation within the context of

(8aB). Overall, the follow ng condition nust be net for
the total nunber of possible signal variants x;(t),
yi(t):
T
10 (8aB) 0 < R - A<[[f'x(t)] + g'[y(t)] dt
-T
T
<max [ [Fx(0)] {7 Ix ()], g*[yi(t)]} e @
-T
15 + g’y (1)1 dt
<R + A
T
< ga* {1 /[ - (1-a%) *sin2arg{f[x(t)]
-T
20 + g [y(t)]}1} dt

R and A are directly related to the | oudness
of the output signal that is to be attained (i.e. to
those paraneters which the listener also takes as a
basis for assessing the validity of a stereophonic
25 mappi ng).
| f the nei ghborhood of the limt value R,
defined by A, or the maximum of all possible integrated

reliefs is not reached, optim zation in ternms of the
limt value R and the deviation A or in terms of the



aforementioned maximum - in accordance with an iterative procedure that is matched with the function
values Xx[t(y, f, a, 0, s)] and y[t(y, f, a, 0, s)] resp. X[t(y, n, a, 0, s)] and y[t(y, n, a, 0, s)] - 5 Involves new
parameters y resp. f resp. a resp. p resp. newly s being determined, and all steps described so far

being executed until signals x(t), y(t) resp. parameters y resp. k resp. p resp. f (resp. n) resp. a resp. p
resp. newly s result, which correspond to 10 optimum stereophonization. With an appropriate choice of
the degree of correlation r, of the parameter a - stipulating the desired respective definition range - and

of the limit vallée & eqpéjnelegtql M'WQrWreOf ﬁ '%BBB?'B'&&%%QGT'%}’HG optimum systems for the

respective area of a ation (for example speech or music reproduction) for the respective nature of
the input signdI5 & &t \Gn H{eol‘i%ilé'bf’tﬁehabebr%r@ﬁﬁ/%hﬁﬁts%regent@@ if WESt/EPR011/063322,
see below, it iv@Dyessibld, (as, pdrt obthefinventjorana dgfing @,ndw wejghtingsgd follows: For this

purpose, a first ggmizgtionaccardigg ty WQIGLINPERG FIG- hoD2Ba3Bd9PB. is performed on a

signal se The 25 qutputsof FIG. are connected for ex m le to a module

ion of th length t+
6001 acc%[rdrng% Iée 65631%00@{&%‘5@5&5 (Ecer%?r'?utefj in BPintérsk&fh pBilt€2R; 10f the sum of
the complex tra@gley fisndi@inB k[t |r=nixeeiA/ and (al + ) sireipg eyt fyooa/sz] * (1 30 + i) with
the half-plane spanped Ry teg e ctoes (lurds i2) @ncb({laﬂs 19(pf)alsoy((?@) 1y g);gnd (1, 1, 1) and located

in the 1St or also 3fli rants Iex numb Xis of 1 of the represented
ig) n@f"gfi%e?e Wlt%lpthe rea Fafrs fhe :%e §xrs szﬂf%g Lf! 8

algebraic mod% coincides V\F/)th { e |mag|nary axis) are
analyzedin fesp. B resp. newy s result, which correspond

10 opti mum st er eophoni zati on.

Wth an appropriate choice of the degree of
correlation r, of the parameter a — stipulating the
desired respective definition range — and of the limt
value R and also deviation A thereof, it is possible

15 to configure optinmumsystens for the respective area of
application (for exanple speech or music reproduction)
for the respective nature of the input signals.

On the basis of the algebraic invariants
presented in PCT/EP2011/ 063322, see below, it is
20 possible, as part of the invention, to define a new
wei ghting as fol |l ows:

For this purpose, a first optimzation
according to WO2011/ 009650, FIG 15D, 2B, 3B to 5B, is
performed on a signal section of the length t;. The

25 outputs of FIG 5B are connected for exanple to a
nodul e 6001 according to FIG 16D and the invariants
(constituted in the intersection points &,of the sum
of the conplex transfer functions f'[x(t1)] =
[x(t)/V2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1

30 + i) with the half-plane spanned by the vectors (1, 1,
-2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and
| ocated in the 15 or also 3'% quadrants of the conpl ex
nunber plane — the axis of x;, u; of the represented
al gebrai c nodel coincides here with the real axis, the

35 axis Xy, U, with the inmaginary axis) are analyzed in



16 terms of their statistical distribution. All 41,1 with the total number k1 are stored in a memory
("stack") valid for all further described operation seguences; the mean value 5ki 41:= (1 hi=11is
likewise calculated. The latter is stored together witlt the parameterization pp fl (resp. nl), al, pi and 10
henceforth newly sp determined by means of said first optimization, in a further dictionary valid for all
further described operation sequences. According to the function command 6004, in a second
step a second optimization according to 15 W020114009650, FIG. 15D, 2B, 3B to 5B is then

performe((j) (())]I:I Q%?g:ml%%cgﬂ%@ OTS%'&{,EGQQF'E theaqtétppgsbqjtlillgn SBagre i%&uw ¢ nected to the

module 6 the invariants (constituted in the intersection points 42of the sum of the
complex 20trahBfer FM@lonBUYRREY) K pRES/ A ] kB SndBAVIY) € SHAFAT b * (1 + i) with the
half-plane spanakddyfthe vactors (I thep) ded ¢1, held cvdsaf-Lo, 2equdr{tes, 1) and located in
the 1st or also; 3{d quaginants|of dhe complex number plane - 25 the axis of xl, ul of the represented
algebraic model coincides here with the real axis, the axis x2, u2 with the imaginary axis) are analyzed
in terms of their statistical distribution. All 42 from the total number k2 are stored in a memory ("stack”)
valid for &l 30 further described ogration sequences; the mean value k2 42IC2

1= (X &) ki
h]_:l

is likewi se calculated. The latter is stored together
with the paraneterization ¢, f1 (resp. ni), o, pp and

10 henceforth newy s, determ ned by neans of said first
optim zation, in a further dictionary valid for all
further described operation sequences.

According to the function conmand 6004, in a

second step a second optim zation according to

15 W0O2011/009650, FIG 15D, 2B, 3B to 5B is then perforned
on a signal section t, of any |length. The outputs of
FIG 5B are in turn connected to the nodul e 6001 of
FIG 16D and the invariants (constituted in the
i ntersection points &,of the sumof the conpl ex

20 transfer functions f'[x(t2)] = [x(t2)/NV2] * (-1 + i)
and g'[y(t2)] = [y(t2)/N2] * (1 +i) with the half-
pl ane spanned 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 conplex nunber plane —

25 the axis of x;, u; of the represented al gebraic nodel
coincides here with the real axis, the axis Xz, Uz with
the imagi nary axis) are analyzed in terns of their
statistical distribution. Al &, fromthe total nunber
k, are stored in a nmenory (“stack”) valid for al

30 further described operation sequences; the nean val ue

ka

2= (X &)/ ke
h2=1



h2 = 17 is likewise calculated. The latter is in turn added together with the parameterization p2, f2
(resp. n2), ct, 132 and henceforth newly s2, deter u]1ed by means of said second optimization, to the
first mean value i as 5well as its parameterizationrg 21 (resp. nl), al, ph si in the dictionary valid for all
further described operation sequences. Since the memory ("stack™ now contains more than one mean
value, the module 6002 of FIG. 16D is then activated. 10The latter calculates the mean value V2of all
intersection points 41),4q,2 stored in the stack: k2 4*2.:= (hi +42 )/( k1 + k2) h1=1h2=1 15 and selects
from the dlctloinélr}f ?'ﬁé’vm%l%e gé?%\’?f’%ﬂ 41'|“h'82IVﬂ i}@relrl asssoWalteLH RaraRIg rization the mean
or

value closest to 4*2. If this Is the case oth mean values 4,4, 41 resp. the parameterization yl, fi

(resp. n1), al, PRI & Ie¥ebitrdh eh L BIBBRASS bBaftHOMmean valel §eﬁ§cﬁed #8m the dictionary is
then transmitteg, tofiethedwhie dé2 tothehmoewley6 00 3. ddledatte meatifiey westher tifle mean value

selected by thg snedwe 6084 |§,m|t,hm Hgrinigrvaliio ¢ 214" 2 ohwhere > fepeesgats the standard
deviation, fred/%ji selectable b the user, of the Gauss distribution flctltlously set %s zero in 4*2: C (2)

= (1((2M)* |f‘?ﬁe'rﬁe3arP IBE'%EF‘erc't&%y% fodlie é662P- N "o,

in the dictionary valid for all further described
operati on sequences. Since the nenory (“stack”) now
contai ns nore than one nean val ue, the nodul e 6002 of
FIG 16D is then activated.

10 The latter calculates the nean val ue &*of all
i ntersection points &y, &2 stored in the stack:

ki ks
E2:= (X &m + X &)/ ( kit k)
h]_:l h2=1

15 and selects fromthe dictionary anong the nean val ues
1,8 with their associ ated paraneterizati on the nean
val ue closest to &*. If this is the case for both nean
val ues &°,&%, &°1 resp. the paraneterization ¢, f;
(resp. np), a1, P, st is selected fromthe dictionary.

20 The nean val ue selected fromthe dictionary is then
transmtted together with &% to the nodul e 6003. The
| atter verifies whether the nmean val ue sel ected by the
nodul e 6002 is within the interval [-oc + &%, &%+ o],
where o>0represents the standard deviation, freely

25 selectable by the user, of the Gauss distribution
fictitiously set as zero in &*

£~ (22*) — (1 / (\/ (2H) * g )) * e—(1/2)*(((22*—§*2)A2)/0’\2)

If the nean val ue sel ected by the nodul e 6002
of FIG 16D is within the interval [-o + &*;, &%+ o],
30 the paraneterization selected by the nodul e 6002
according to 6010 in the arrangenent of FIG 6D resp
FI G 15D (whi ch shows again for the sake of clarity the
anplifier 717 and the M5 matrix, wherein both of which



of FIG. 16D is within the interval Ho + 4*2., 4*2+ Gh 30 the parameterization selected by the module
6002 according to 6010 in the arrangement of FIG, 6D resp. FIG 15D (which shows again for the sake
of clarity the amplifier 717 and the MS matrix, wherein both of which 18 are to be passed through only
once) resp. the outputs 6006 and 6007 of FIG. 15D are activated, likewise the outputs 6008 and 6009
of FIG. 2B. The output 6006 runs into the input 6006 of FIG. 16D, the output 6007 runs 5 into the input
6007 of FIG. 16D, the output 6008 runs into the input 6008 of FIG. 16D and the output 6009 runs into

the input 6009%9%4{'5:0' é@%éé{‘fggrg@cgkﬁo%%ﬁ{oﬁdﬁy %6anlj ctlyégﬁ(esgﬂbs %lﬁt%[elét signal x(t) from

the module 6003 of eference 6 IG. 16D directly represents the output signal y(t)

from the mod 98603 F@@.OIGET 6b08%0f ERY PS5 dRELHly AlfREsertt Wb S Ut BRinal Re f [x(0)] +
g[y(t)] from theootouiules 660® 8f BIE. BIIDBAHO 61l F3G. 2BD dinectlyueprased®Other output signal Im

fl)é(t)] + 159[Y(L)]1ftf%mtt||?j€ mﬁ}}%lrd]l? 65886 67 CrILEP- ThBse Fi%‘f‘b%}f@lﬂée 5@96@' _P'Eiﬁgisg‘l%disé% ibﬁd
above, are to be treated as if they represented the o t signals o : ich wit : then
constituteg, in'tAE LxGRHIL %Pﬂbplﬁc(géi%n?%n 1ilr{sreépaidﬁfi;e ugﬂ?Z@lﬁl?é%e&?dﬁhﬁé’Qélected by the
module 6002 isiudsiti6eéhé MeitvabPed D+ GS 116D @ith $tBp aogthwptinfi2&n is performed
accqrding t? the ﬁ%teinﬁf)_?h(ﬂf?;@ribﬁﬁJ@f?(gwgﬁoﬂ/go9§5®. F'ﬁefmﬂ@ﬁ 3@)%65'%\(6380? Si?g?é
section tg of a n . tputs o . 5B are in.turn.conpected tq,t ule 0 .
16D and the in,a\/};érgar?tfs% codn?s{itu(t%j At ti%%t%%seeﬁc?t%n?phoemt%%, I?)lf'{'he% Isgr%%f t%ﬁ complex transfer
functions Fx(fgyeeTRg/Arequl el SO0 PE [T =10 Rg)/AELEF ENe§) KRR theohalt-

10 FIG 16D directly represents the output signal y(t)

fromthe nodul e 6003 of FIG 16D, 6008 of FIG 16D
directly represents the output signal Re f'[x(t)] +
g'[y(t)] fromthe nodul e 6003 of FIG 16D, 6009 of FIG
16D directly represents the output signal Imf [x(t)] +

15 g'[y(t)] fromthe nodul e 6003 of FIG 16D. These
signals, in the signal processing described above, are
to be treated as if they represented the output signals
of FIG 5B, which with FIG 16D then constitutes, in
this exanple of application, an inseparable unit.

20 If the nmean val ue sel ected by the nodul e 6002
is outside the interval [-o + &%, &+ o], in a q'" step
a q'" optinmization is performed according to the
extention, described here, of WXR2011/ 009650, FIG 15D,
2B, 3B to 5B on a signal section ty of any length. The

25 outputs of FIG 5B are in turn connected to the nodul e
6001 of FIG 16D and the invariants (constituted at the
i ntersection points &, of the sumof the conplex
transfer functions f'[x(tq] = [x(tg/N 2] * (-1 + i)
and g'[y(tq] =[y(tg/V2] * (1 +1i) with the half-

30 plane spanned 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 conplex nunber plane —
the axis of x3;, u; of the represented al gebraic nodel
coincides here with the real axis, the axis Xz, Uz with

35 the inmaginary axis) are analyzed in terns of their
statistical distribution. Al &, with the total nunber
kg are added to &, &w ..., &1 in a nenory (“stack”)



30 plane spanned 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 3fli quadrants of the complex numb Bplane the axis of xl, ul of the represented
algebraic model coincides here with the real axis, the axis x2, u2 with 35 the imaginary axis) are
analyzed in terms of their statistical distribution. All 4, with the total number kg are added to 41,42, ...,
E1l in a memory ("stack™) 19 valid for all further described operation sequences; the mean value kg 4"
:=4h0/1cq 5hq = 1 is likewise calculated. The latter is in turn added together with the parameterization
(RI, fq (resp. engafo S 4 | |zation to the first
mean values r}ﬁa‘floalq(;jog a%qave aén%qlt elrﬁga%ﬁrn@%ﬁgaq %T?s%gqf q{r?ségq% 13| i; (P2rf2 (
resp. n2) fa2 b hgo rg;%an ¥-Uer f(re sp rig_i)ag- 1 r 13g-1 59-1in the dlctlonary valid for all further

described operation sequences. Since the memory ("stack™) now contains more than one 15 mean

value, the module 6002 of FIG Q6D is then activated. The latter calculates the mean value 4*,,
of all intersection points 4,",, ,4,, stored in the stack:
PO Lo s PR
5 hg=1

is |likew se calculated. The latter is in turn added
together with the paraneterization ¢4 fq (resp. ng),
oq. Pg and henceforth newy s, determ ned by neans of
said q'" optimization, to the first mean val ues &°;, &°,

10 ..., &gi1as well as to their paraneterizations ¢, fi
(resp. ni), o1, P1, S5 @2 f2 (resp. ny), oz P2,% ...;
Oq1, fg-1 (resp. nNg-1), dg1, Pg1, Sy, 1N the dictionary
valid for all further described operation sequences.
Since the nenory (“stack”) now contains nore than one

15 nean val ue, the nodule 6002 of FIG 16D is then
activated.

The latter calcul ates the nmean val ue &*; of all

intersection points &w, &o, ..., &g Stored in the
st ack:
20 k1 Ko Kq
= (X &u + X &t ... +X &g )/ (ki ko +..Kkg)
h]_:l h2=1 hq=1

and selects fromthe dictionary anong the nean val ues
E°,8%, ..., & wth their associated paraneterization
25 ¢, f (resp. n), a, B, and henceforth newly s, the nean
val ue closest to &*. If this is the case for different
paranet eri zati ons, the paraneterization that appears
nost often in the dictionary is selected. If severa
par anet eri zati ons appear the sane nunber of tines, the
30 one that exhibits the wi 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 optimzation



20k1k2kg :=4'12 + . +4hq )I(k2 1(g) h1 = 1h2 = 1hq = 1 and selects from the dictionary among the
mean values ..., 4,, with their associated parameterization 25 p, f (resp. n), a, p, and henceforth newly
s, the mean value closest to Vq. If this is the case for different parameterizations, the parameterization
that appears most often in the dictionary is selected. If several parameterizations appear the same
number of times, the 30 one that exhibits the widest scattering in the dictionary is selected, i.e. the one
for which the difference d - ¢ is maximum, where d represents the last and c the first index number of
the optimizati t ctively un f thiscto lies to ralparameterizations, the
first one that g&pégi i?s%'aﬁ)%)ﬁd .{)I%T\/you%ﬂe%%%éé fr‘osfm ETE%??E) aaréﬁops%%t %?)6[21*,, insofar as in a
g-Ith step one DFURY BlwBREAFRLQUEE 3P MReir BBSolikfedlpfaMmetdlRatiBRRE &R cted from the
dictionary, theiverg sheet @tk rddp. itsassecatedaparamdteriratich, i§°petajiiéd arlee mean value

selected from ghg,digtipnary i,zatglgnitr,@g@frgyte%gogeﬁh%r v&iﬂli\ﬁg@ttg ReeulgB00gof FIG. 10 16D.
The latter verifies whether the mean value seﬁgted b)éthe module 6002 of FIG..16D js within the

interval H%4*,,tlw,’+ = ré'%§0rr8§|095e§1 {He HaRQ&A 5, %‘féélé@ttab%nby the user at
the beginning o$ trkeé vt grlotesyilltisteatdtl ¢ter®NEB ¥f thehGavsy distoAfietitiously set as zero

in4%: C (zq ). (A (3u)a Sod L@ dHz3aPemi@ri zation is retained. The
nmean val ue selected fromthe dictionary is then
transmtted together with &*;to the nodule 6003 of FIG
10 16D. The latter verifies whether the nmean val ue
sel ected by the nodule 6002 of FIG 16D is within the
interval [-o + &%, &*+ o ], where >0 represents the
standard deviation, freely selectable by the user at

the beginning of the entire process illustrated here,
15 of the Gauss distribution fictitiously set as zero in
s
£ (Zq*) - 1 / (\/ (2m) * o )) %* e—(ﬂZ)*(((zq*_g*q)A2)/0/\2)

If the nmean val ue sel ected by the nodul e 6002
of FIG 16D is within the interval [-oc + &%, &%+ o],
20 the paraneterization selected by the nodul e 6002
according to 6010 in the arrangenent of FIG 6D resp.
FI G 15D resp. the outputs 6006 and 6007 of FIG 15D are
activated, |ikew se the outputs 6008 and 6009 of FIG
2B as well as the corresponding inputs and out puts of
25 FIG 16D. Reference 6006 of FIG 16D again directly
represents the output signal x(t) fromthe nodul e 6003
of FIG 16D, reference 6007 of FIG 16D directly
represents the output signal y(t) fromthe nodul e 6003
of FIG 16D, 6008 of FIG 16D directly represents the
30 output signal Re f'[x(t)] + g’ [y(t)] fromthe nodul e 6003
of FIG 16D, 6009 of FIG 16D directly represents the
output signal Imf’[x(t)] + g'[y(t)] fromthe nodul e 6003
of FIG 16D. These signals, in the signal processing
descri bed further below, are again to be treated as if
35 they represented the output signals of FIG 5B, which



If the mean value selected by the module 6002 of FIG. 16D is within the Interval Ho*q, *q+ oh 20 the
parameterization selected by the module 6002 accgding to 6010 in the arrangement of FIG. 6D resp.
FIG 15D resp. the outputs 6006 and 6007 of FIG. 5D are activated, likewise the outputs 6008 and
6009 of FIG. 2B as well as the corresponding inputs and outputs of 25 FIG. 16D. Reference 6006 of
FIG. 16D again directly represents the output signal x(t) from the module 6003 of FIG. 16D, reference
6007 of FIG. 16D directly represents the output signal y(t) from the module 6003 of FIG. 16D, 6008 of

FIG. 16D dire y nep nt | Re fl ule 6003 of FIG. 16D,
6009 of FIG. 16D we@flé reﬁgg;%ﬂ%@%li{gﬁiﬁniﬁ? ]ﬁ (% églifﬁg)] ?%%nrpﬁ]g m%fgule 6003 of FIG.
16D. These s@ﬁ&lg' ﬁ%ﬁb%neﬂ?)réé&%ﬁ@é’@ic‘?lb\éﬁ'fﬁrther below, are again to be treated as if 35
they represented the output signals of FIG. 5B, which 21 with FIG. 16D constitutes, in the present

example of application, qnflng@,%arﬁgggnur\yw ue Sg|tlg%p@prb lug selestrd BY mg\odule 6002 of
FIG. 16D is outside the i -+ 4* 4* + CS |, in a g+lth ste aq+|th Qpti >Lzat|on s performed in
the same form i % I;I‘Eh riq sfe A1 (i’ﬁ}e hl?héobﬁ}h%i@m EPFhé’procEeé's g fepedted as long as
necessary untildna dlerhentssfene aiciivhEyaolillstrasbove ieturenfansedaimatifim number of
allowed 10 opgrgl,l@trparsﬁe@%ha@beeﬁée@phegt ep afdGt 6€ shwgythe convergence behavior of

the just established w ing fu r three optlmlz e 0p1 r pre ents in this case the
first mean val é}gi rr%%(% ih%qjsezgh% rﬁ%an va ue 1%%@(?3%‘# arg P istribution fictitiously
set as zero in REQE$HE ¥ 1UDh) * &P hWRERNSO %prb@@nﬁ' tﬁé's‘t"é}ﬁfa)fd dél\/fdtlbhsfreely
selectable by theeuses i ¢he beginningeoittbe entiee Atuprocaasriludieatedhees,150Rddhe third mean
value whigh remaipgwthin e infleyan peints defined ached.

FI G 5C shows the convergence behavior of the
just established weighting function for three
opti m zation steps: 5001 represents in this case the
first nean value &°, 5002 the second nean val ue &°,
15 5003 the first Gauss distribution fictitiously set as
zero iné&*y

£ (22*) _ (1 / (\/ (2H) * G )) * o —(1/2)*(((22*_§*2)A2)/0/\2),

where o>0 represents the standard deviation, freely
sel ectabl e by the user at the beginning of the entire

20 process illustrated here, 5004 the third nean val ue
E°3, which remains within the inflexion points defined
by ¢ of the Gauss distribution 5005 of sane standard
deviation, fictitiously set as zero in &*; and thus
fulfills the convergence criterion.

25 In each case, the result is a paraneterization
¢, T (resp. n), a, Pp and henceforth newy s which
suppl i es a pseudost ereophoni c function that on average
is optimumin relation to all algebraic invariants.

As the nunber of signal sections increases, the
30 distribution of the intersection points £ of the
al gebraic invariants on the half-plane respectively
anal yzed with the conpl ex nunber pl ane approxi mates the



by of the Gauss distribution 5005 of same standard deviation, fictitiously set as zero in 4*3, and thus
fulfills the convergence criterion. 25In each case, t%% result is a parameterization p, f (resp. n), a, p and
henceforth newly s which supplies a pseudostereophonic function that on average is optimum in
relation to all algebraic invariants. As the number of signal sections increases, the 30 distribution of the
intersection points 4 of the algebraic invariants on the half-plane respectively analyzed with the
complex number plane approximates the 22 Gauss distribution. The smaller the chosen standard

deviation CS i Sgeé:t%q, glp? Ic[ﬂﬂe( %[dibg%rgéwtigg qaﬁ%mgcﬁ:dgzgﬂogtvgp‘ B ¢ jowever, as an only

finite number of signal sections are avail ould not be chosen too small. Nevertheless,

the method prd&¥A@biPRIG. L6DSR k&Hi LG itd E5nr§sste sTondrirabiffaster for sufficiently
long signal sectésnd than gneeticareet smutaionanodels| sinee aldmiEsierinvartars aomll available for

the first time t@ SRIVEASVRHSEIPOBHS &f Eplarencet foragnweighting,ofjaliggry determined
parameterizations. If in_an irlventive arrac%%rggﬂt according to EP1850639 or W02009/138205

or W02011/00989Y'of 18051 19 bP8 A0 resp. PCT/EP2011/063322 only the special
case y = 0 (for EP1850639, the parameters in the figures below are to be set as follows: f(y)=f(a) =
f(p)=1, sin y)=0, sin a |= Sil;ljlé?v‘el)t ﬁfthéfﬁ,ﬁctahéa?%i_dﬁoﬂup(f@é @\r/lﬁ%lpqllﬁf%(@) orép = 20 LB (for
EP1850639) are analyz is will yvield t implified_circuits.of the form of EIG. 17D resp. 19D or
Smplfied FIG| S0t o B LIa 215 BAS FENBAD o St L SA B GED RIE 25 resp. FIG.
27D or simplifiedl FIcC 280 fegpl ANY. 59 9halsosmes. ims24draimpRfidd RS XEN resp. FIG. E12 resp.

FIG.E130or sinmulation nodels, since algebraic invariants are
10 available for the first time to serve as valid “points
of reference” for a weighting of already determn ned
par anet eri zati ons.

If in an inventive arrangenent according to
EP1850639 or WO2009/ 138205 or WO2011/ 009649 or
15 WO2011/ 009650 or CH01264/ 10 resp. PCT/EP2011/ 063322
only the special case ¢ = 0 (for EP1850639, the
paraneters in the figures below are to be set as
follows: f(@)=f(a) = f(P)=1, sin ¢=0,sin a=sin p=1)
or the special case L, = Lg (for WR2009/138205) or La =
20 Lg (for EP1850639) are analyzed, this will yield the
sinplified circuits of the formof FIG 17D resp. 19D
or sinplified FIG 20D or also FIG 21D resp. FIG 23D
or sinplified FIG 24D or also FIG 25D resp. FIG 27D
or sinplified FIG 28D resp. FIG E9 or also FIG E10
25 or sinplified FIG E11l resp. FIG E12 resp. FIG E13 or
sinplified FIG E14 resp. FIG E15 or also FIG E16 or
sinplified FIG E17 resp. FIG 18D resp. FIG 22D resp.
FIG 26D. In the case of EP1850639, the
pseudost er eophoni ¢ signal thus depends in ternms of the
30 time differences only on one constant (V5 - 1)/2 resp.
on s resp. in ternms of the anplifications of constants
resp. of the attenuation A resp. p (see below), in the
case of WO2009/138205 it depends, in addition to newy
ons, on Ly, =Lgresp. internms of the anplifications
35 on P, resp. Pg or also Py resp. Py or also Py’ resp.
P, (see WO2009/138205) resp. of the attenuation A resp.



simplified FIG. E14 resp. FIG. E15 or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp. FIG.
22D resp. FIG. 26D. In the case of EP1850639, thgﬁseudostereophonic signal thus depends in terms
of the 30 time differences only on one constant (/5=71)/2 resp. on s resp. in terms of the amplifications
of constants resp. of the attenuation k resp. p (see below), in the case of W02009/138205 it depends,
in addition to newly on s, on La = Lp resp. in terms of the amplifications 350n Pa resp. Pp or also Pm’
resp. Pp' or also Pm" resp. P'a(see W02009/138205) resp. of the attenuation 2 resp. 23 p or the

attenuation fa to§14kg ]%irtr ﬁ%‘a{%’ %ﬁef %v@, 1/.FgFa ' ve ve aryan ant according to
EP1850639 o%\/\;)OZOO %3 20% or I0 01 /g% 43 or 5<7v§£oflf/%09%§/§'or C 7%%2011/063322
resp. FIG. E3 BELRWFIG. E4 or also FIG. E5 resp. FIG. E6 or also FIG. E7 or also FIG. E8 resp. FIG.
9D or also FIG. 10D resp. FIG. 11D or also FIG. 12D resp. FIG. 13A resp. FIG. 14A resp. FIG. 13D

resp. FIG. 14D resp. FIGEE} opalsprhLRIG &2 9f a§ﬁq:g%,;ﬁt desedbefl agapgements of the form of
FIG. 17D resp r simplified FI r also . E1G. 23D or simplified FIG. 24D
or also FIG. 2%#%?&’%%@%&%%&5&9%. ?éDYé’?&ﬂ@@%géﬁal% FIG. El or simplified FIG.
Ell 15resp. FIGVIR01 1¢SH)$660 EaAB drGimpRzHLEI® G3BL s $1G. EllSor BRB0OFIG. E16 or
simplified FIG a4 6 resiG FI64 18P rgspoFiG.@2ERsne SiG. PP altnahive Egermsdo
W02011/0096é9 o&W%Z%lol/P %&?5% r %450126&{]8 resp ngTAIIEE%OH/&%%%%]‘?redseéermining 20 the
optimum parameters y resp. gesp. n resp.pa resp. 0 resp. k resi)ﬁ resp. s resp. the dbptimum time
delay resp. comdmatioh d¥thade Bafdntetel2Ehr BEBbtdih&d. LA x@Pible bh& seldf = 0 and thus
a =0, and if furgeepmoFre Gne ESBumes k. = Pl ar givih 2= dectknal patteo f @ptyoum values for a, 0
and k capybe qgteymipgd fQF'Q‘HSi%%f'j]eu%t’Ve(‘%&f}gi tB@He'éWSﬁq@Pd?ﬁtfg”ﬂf ag jpw as possible
(since the virtualization of several microphones should appear natural) and ensure with the same
wRemof FIG 17D resp. FIG 19D or sinplitied FIG 20D

weighting likeWfd

or also FIG 21D resp. FIG 23D or sinplified FIG 24D
or also FIG 25D resp. FIG 27D or sinplified FIG 28D
resp. FIG E9 or also FIG E10 or sinplified FIG El1

15 resp. FIG E12 resp. FIG E13 or sinplified FIG E1l4
resp. FIG E15 or also FIG E16 or sinplified FIG E17
resp. FIG 18D resp. FIG 22D resp. FIG 26D
alternative systens to WXR011/ 009649 or WO2011/ 009650
or CH01264/ 10 resp. PCT/EP2011/ 063322 for determ ning

20 the optinmum paraneters ¢ resp. f (resp. n) resp. a
resp. B resp. A resp. p resp. s resp. the optinmmtine
del ay resp. conbinations of these paraneters can be
obtained. If for exanple one sets ¢ = 0 and thus a =
and if furthernore one assunes A = p, for given

25 directional pattern f optinmumvalues for a, B and A can
be determ ned as follows: define a weighting that
ensures values for 0 £ A £ 1 as low as possible (since
the virtualization of several m crophones should appear
natural) and ensure with the sane weighting |ikew se

30 for delay tines that are as short as possible (in order
to avoid artifacts). Both criteria are nutually
excl usive: |l ow values of A foster great fictitious
openi ng angles o and B; and conversely short del ay
times correspond to small fictitious opening angles a

35 and B.



30 for delay times that are as short as possible (in order to avoid artifacts). Both criteria are mutually
exclusive: low values of k foster great fictitious openjng angles a and 0; and conversely short delay
times correspond to small fictitious opening angles™a 35and 0. 24 Thus, a target correlation k,
previously stipulated or chosen at will by the user, a weighting p previously stipulated or chosen at will
by the user (for example 0p10) can be introduced for the size of the fictitious opening angles a and 0
as well as a variable g(a) which overall balance this antagonistic behavior. Thanks to the high stability

of the total system, the fi S gl for x zed in steps of 5 each,
which for an 10 algorlthm%?r{r}l?#emogwﬁggorg ﬁ %qu?gﬁ} Eon ider %?)&r%ﬁ ced computation times.
g(a) can be de?ﬁw'eelﬂrf"fh%doé%rls Bhﬁl%qnné'dﬁ@réhc@ L4 B Jiagk atﬁ)\)@? kSHUNASDIR as follows:
g(a) := 2(-20 pflev+ apy)l A4 topespdreting weddisgrfuattion h(a) lepehdingsar a could then be

stipulated for example asfoiaws: k(@) <k@)Ip ¢ gRISELO nR)-yhere k(@ Lorasponds Lo the
respaxw%vam? the fictitious opening angles a and B as well as a

vari able g(a) which overall bal ance this antagonistic

behavi or. Thanks to the high stability of the total

system the fictitious opening angles a = B can for

exanpl e be analyzed in steps of 5° each, which for an

10 algorithminplenmented accordingly results in
consi derably reduced conputation tines.

g(a) can be defined on the basis of the tine
differences L, = Lg (see above) for exanple as follows:

9(a) = 27(-20 * (Lo *+ Lp))

15 A correspondi ng wei ghting function h(a)
depending on o could then be stipulated for exanple as
fol | ows:

h(o) == M) * 9()*(10 - p),

where A(a) corresponds to the respective val ue

20 determ ned for exanple according to the | ogic el enent
125 resp. to the feedback 126 of FIG 1B and which
supplies a stereo signal with the target correlation k
for a specific fictitious opening angle a = B.

For p =0, it is exclusively g(a) that has an
25 influence on the subsequent cal cul ation of the optinmm
fictitious opening angle aopt = Popr determ ned on the
basis of the weight p previously stipulated or chosen
at will by the user; for p = 10, it is exclusively A(a)
that has the sane influence.

30 The opti num openi ng angl es aepr and Popr are then
calculated in the present exanple according to the



20 determined for example according to the logic element 125 resp. to the feedback 126 of FIG. 1B
and which supplies a stereo signal with the target ¢arrelation k for a specific fictitious opening angle a
= 0. For p =0, it is exclusively g(a) that has an 25 ftifluence on the subsequent calculation of the
optimum fictitious opening angle aapt = Oopt determined on the basis of the weight p previously
stipulated or chosen at will by the user; for p = 10, it is exclusively k(a) that has the same influence. 25
following formula, wherein in the present practical example the integration is over the interval [5; 9001

or in the radiapl pyes /e (teRANIVI0: BFLEs oloms (fierindoc Rracteal Gansigerations the 5

integrals mentioned below can be determjned as sums ated in eps).n/2n/2 agm = (1 a * h(a)

da * n/36)/1 h(&}GIRIFBr3E 10RIBIHAL tPthe §rivelrydie dfd 6a%@!bdcause 9 tHe fact that v is
equal to 0, h(a) canrbettepresentec exclusivelyhas ardurctionlof @x/36; Einally er aoph = Ooph,

which can alsg {akes ap%;rgggia;eoyalﬁgagﬁ valye @Rl hds againnd determined for example
according_to the logic element 125 resp. t§ tge feedbackg( 126 of FIG. 1B and which supplies a stereo
e % 1840 8%

signal wit the &4 'Ezﬂlggt Er&r%lhﬁgr‘? B’t LHhea %Hi]pfbegmﬂéh AR a host of 20
possible define@waigtatreg drtl thtis$a@ns) be represented comprehensively) can be extended with
La and Lp resp. with La' and Lp' also to the parameter s,

n/2 n/2
Oopt = (S o * h(a) da * m/36)// h(a) da
n/36 n/36
10 N.B. Due to the symmetry of o and B and because

of the fact that ¢ is equal to 0, h(a) can be
represented exclusively as a function of a.

Finally, for oopt = Popt, Which can al so take on
an intermedi ate value, the value A(aep) IS again
15 determ ned for exanple according to the |ogic el enent
125 resp. to the feedback 126 of FIG 1B and which
supplies a stereo signal with the exact target
correlation k for oaopt = PBopt-

The sane principle (which allows a host of

20 possi bl e defined weightings and thus cannot be
represent ed conprehensively) can be extended with L,
and Lg resp. with L, and Lg’ also to the paraneter s,
whi ch determ nes in the overall systemthe optinmm
spaciality, and furthernore to other paraneters in

25 connection with an inventive arrangenent according to
EP1850639 or W0O2009/ 138205 or WO2011/ 009649 or
W02011/ 009650 or CHO1264/10 resp. PCT/ EP2011/ 063322
resp. FIG E3 or also FIG E4 or also FIG E5 resp.
FIG E6 or also FIG E7 or also FIG E8 resp. FIG 9D

30 or also FIG 10D resp. FIG 11D or also FIG 12D resp.
FIG 13A resp. FIG 14A resp. FIG 13D resp. FIG 14D
resp. FIG E1 or also FIG E2 or also just described
arrangenents of the formof FIG 17D resp. FIG 19D or
sinplified FIG 20D or auch FIG 21D resp. FIG 23D or



which determines In the overall system the optimum spacnallty, and furthermore to other parameters
In 25 connection with an inventive arrangement ac§§rding to EP1850639 or W02009/138205 or
W02011/009649 or W02011/009650 or CH01264/10 resp. PCT/EP2011/063322 resp. FIG. E3 or also
FIG. E4 or also FIG. E5 resp. FIG. E6 or also FIG. E7 or also FIG. E8 resp. FIG. 9D 30or also FIG.
10D resp. FIG. 11D or also FIG. 12D resp. FIG. 13A resp. FIG. 14A resp. FIG. 13D resp. FIG. 14D
resp. FIG. El or also FIG. E2 or also just described arrangements of the form of FIG. 17D resp. FIG.

19D or simplifi . 20D or, h . 21D  HG=2 implfied FiG, or such FIG.
25D resp. FIG.@g%ﬁorfzs!ir%%ﬁﬂﬁlCgigéiesa{oﬁﬁ'—ﬁGé%o?%g) ﬁ%s.ﬂEl 1o(?rgisim%ll[ﬁ;e%)j[PFIG. Ell resp.
FIG. E12 respS ! £13 8H sfh ShfiedSHG. 838 rebp FIGE 1 0PARE FTECE16'E Ghplified FIG. E17
resp. FIG. 183 reqgy. iFiGed2BIr€sp HAIG. 266p. Fl Grh&lzeradipn dfitiie p&dsBneters f (resp. n)
which describg fthg,fire¢tionapajteinof the sfanatigt igtsbe rengergd sirteophgnigy the angle y - to
10 be ascertained manuall by metrglogy - enclgsed hy the main axis and sound source, the
fictitious Igft oﬁéﬁmrg 'a?]'gf‘ega%hg‘thgigtif rigtﬁoﬁen' aﬁgqg Fl';)tﬁe ttér%i);ltfo?@e( or else p for
forming the re&lilfing 26dPeo signal In the case of W02009/138205 15 resp. the angle y enclosed by the
main axis and the sound source as well as the attenuation k or else p for forming the resulting stereo

signal In the case of EP 639.0r alsq the parameters of the arrapgements according to
V\I/02011/009649.0r Wozjaaﬁg/obgégéa %?E%@rﬁoﬁfz&h% %%é?eg%[lgégzglﬁo‘é%éﬂ% sp. FIG. E3 or
also FIG. E4 oMiISOFRESES (&g HE. E6rfEidPRRE. BRbE 8l MG, HEreshIRAL. 9D or also FIG.
10D resp. FIG; AaD drsalsoFie. t2hdesed-ISt 4BA0pRPNIFKS. tferaspgFG 13D resp. FIG. 14D
resp. FICE‘-OEI %@Is?%sgﬁlg-r ﬁgd)rr?é%mq stﬁjeﬁ'bﬁgtaﬁfﬂr&g@me—m@ﬁéf f@&mb FIG. 17D resp.

FIG. 19D or simplified FIG. 20D or also FIG."21D resp. FIG. 23D or simplified FIG. 24D or also FIG.

25D resp. FIG! DEDBY dimBlificd RIS 3815 re QM GS BY &réaisd BT EfttditpifidfEIG. EIl 30resp.
FIG. E12 respophi BY3 angineplifiealfel Q. i14f i cti tious right opening angle

B, the attenuations A or else p for formng the
resulting stereo signal in the case of WO2009/ 138205

15 resp. the angle ¢ enclosed by the nmain axis and the
sound source as well as the attenuation A or else p for
formng the resulting stereo signal in the case of
EP1850639 or al so the paraneters of the arrangenents
according to WO2011/ 009649 or W02011/ 009650 or

20 CHO1264/ 10 resp. PCT/EP2011/063322 resp. FIG E3 or
also FIG E4 or also FIG E5 resp. FIG E6 or also FIG
E7 or also FIG E8 resp. FIG 9D or also FIG 10D resp.
FIG 11D or also FIG 12D resp. FIG 13A resp. FIG 1l4A
resp. FIG 13D resp. FIG 14D resp. FIG El or also

25 FIG E2 or also the just described arrangenents of the
formof FIG 17D resp. FIG 19D or sinplified FIG 20D
or also FIG 21D resp. FIG 23D or sinplified FIG 24D
or also FIG 25D resp. FIG 27D or sinplified FIG 28D
resp. FIG E9 or also FIG E10 or sinplified FIG El1

30 resp. FIG E12 resp. FIG E13 or sinplified FIG E14
resp. FIG E15 or also FIG E16 or sinplified FIG E17
resp. FIG 18D resp. FIG 22D resp. FIG 26D and
altogether of the time paraneter s overall cause a
spatial inpression that on the one hand can be natched

35 to the spatial inpression (the acoustic paraneters) of
an existing stereophoni c or pseudostereophonic signal,
and on the other hand is to be stipulated with accuracy



resp. FIG. E15 or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp. FIG. 22D resp. FIG. 26D
and altogether of the time parameter s overall cause a spatial impression that on the one hand can be
matched 35 to the spatial impression (the acousticigarameters) of an existing stereophonic or
pseudostereophonrc signal, and on the other hand is to be stipulated with accuracy 27 precisely on the
basis of the spatial impression (the acoustic parameters). For example, this spatial impression
depends on the 1St resp. 2nd main reflection resp. on the diffuse sound. In particular the parameter s

is given in this ital | a : I S lems: ir tions are known
from the theore(\r(c)?E rﬁgﬁlx%cg% t%r?%eﬁ Ip%rt?gulgﬁé %E%@% \INIt s%l)%gjlghevsg\%#ets. These are

systems that F&PHE thé nBREWTR fledburifi® Lo SyafEh fror ERASpRPEE Afbptical camera or of a
magnetic resonapcesystem fiegendsation infeges) manage t@¥btaimi a highf-tesotution signal. The

resulting meagwyed sigrjal £AR bg Witk as dllewrs: Yidlya Milad &1 \YFalted hepreratog U in this case

contains tgue specitic tr.ansfer.func%).n of the measurln%s[}r/%em, f reEresents our high-resolution signal,
W the noise o th'esmgégl?r%d'sri‘gﬁ ! &tl?eofi‘ﬁw@.(}f tAe WuhBer oFROLIAIE Measurements is

considerably below the 20 dimension n of the analyzed complex space (whose element is the
high-resolution signal to be pktaiieegy 81 ieallesl ailllpasediinegrisedypbienbns ar Main

reflections ca riyed from th se signal, which in Qur case represents the input signal 25 to be
stereophonizé%%%n@greﬁiﬁgl]y%ht% t lI)]eoPyr g’f. iﬁ@erggtg}gg%qrﬁs? %Ivsithfé etv§ g?émtérﬁs changed, can be
transposed to R bfSH A'mERGRIMNSESVEOH Jdtb v il SrhtiaPy &gt ctersIdies Stereophonic

function; in thiaicase yas thesbasmsigdakipiknewne3tiiis Boiod nawnt-qgosed mgverse problem and
thereforq(Ifnovg,gp%ﬁbggu&useggm%. of anﬂbppﬁp%‘éff eguaiignis firstyefrgmed in the equation:
28 Y[q] = UY[qg =+ W[q] + D[q] o

magneti c resonance system for generating i nages) nanage

to obtain a high-resolution signal. The resulting

nmeasured signal can be witten as foll ows:

Y[q] = U[gq] + Wd]

15 The operator Uin this case contains the
specific transfer function of the neasuring system f
represents our high-resolution signal, Wthe noise of
the neasured signal, g the time. If the nunber of
avai | abl e neasurenents is considerably bel ow the

20 dinmension n of the anal yzed conpl ex space (whose
el enent is the high-resolution signal to be obtained),
this is called an ill-posed inverse problem

Main reflections can be derived fromthe base
signal, which in our case represents the input signa
25 to be stereophonized. Interestingly, the theory of
i nverse problens, with a few el enents changed, can be
transposed to the problem nentioned above of
determining the spatial paranmeters of a stereophonic
function; in this case (as the base signal is known),
30 it is not a newill-posed inverse problemand therefore
knows unanbi guous sol uti ons.

The above equation is first reframed in the
equati on:



where Y[q] represents the resulting stereo signal at the point in time g, Y[q - t] the same stereo signal
at the point in time q - t*, t*0, wherein t* is the delvé ith which the Est main reflection occurs, W[q] is
the signal without reverberation and D[q] is the reverberation without the Est main reflection, which can
incidentally be easily estimated statistically. The operator U henceforth contains the specific transfer
10 functions for the stereo signal Y[q - t*],so that the latter exhibits the acoustic properties of the Est

main reflection. This decomposition proves optimal, since the listener judges the acoustic
parameters first and 15 fc%r[e osI bast fghe\{ié mg_u {irctlon Two application cases can
now be distinguished: he flrst se is n opti t|o em wherein a pseudostereophonic

signal Y*[q] is to be newly generated on the basis of the acoustlc parameters 20 of an already existing
stereo signal Yilggrie aYfirgl stepptressrdcifid tiés sesghttthagmakienises sugtagh-a¢solution” signal, in

fact the Est maipdeflgetign (pfr;hglw Y[q& and segHgn@éH@tha@rggtegllzaﬂgn of f (resp. n)

which describe the 25 dlrectlonal ttern of e signal th atis to be rendered*steredp onic, the angle y -

to be ascertaifed MERUBRY BF b éthﬂgg)g enllosel by th%’ mAiFaKs And tHeSsdUMd source, the
fictitious 18ft ogniay awgleha whtiahe fibetidds rigat Bpeshbetigiep, as wmeliss 3 the attenuations k or

else p for formirg theeresuliingl stafechsianalie vie paseof WQZ&),Q@/]Q&;})S, resphige angle y enclosed
by the main aX| anpgg? g?g@f@%@? a3 wz%gsflgge ﬁ%?nua}tlopl K ol ?Igﬁp f\% foanng the resulting
8

stereo signal |n he case 0 also the parame erlzatlo "the arrangTements
according to V$@201 11609649 8¢ WOZ@QlﬁﬁﬁJdSY) SRR EA 16 asp. PCFAP2011/683322 resp.

FIG. E3 or alsofdGatdroral$e rtef b rése driiGaEsontdieo SecET ios algaalniss.dx8 resp. FIG. 9D or
also F'Gl(}ODfrﬁﬁl%t*f'SansllPo?r ¢I58 FlEe12B reparfC \i‘[f’@eresp FIGo 1HAdESR-HC- 13D resp.

FIG. 14D resp. FIG. El or alsg FIG. E2 or also the just de darr n ementsgf the form of FIG. 17D
resp. FIG. 190 8} bipifisRIFIG! 20D ASHHRE! s19 operties of the 1% main

refl ection.

Thi s deconposition proves optimal, since the
| i stener judges the acoustic paraneters first and
15 forenost on the basis of the 1% main reflection

Two application cases can now be di stingui shed:

The first case is an optim zation probl em
wher ei n a pseudost er eophoni ¢ signal Y[q] is to be
new y generated on the basis of the acoustic paraneters

20 of an already existing stereo signal Y[q]. In a first
step, the specific t* is sought that maxim ses our
“hi gh-resol ution” signal, in fact the 1% main
reflection of the signal Y[q], and subsequently that
paraneteri zation of f (resp. n) which describe the

25 directional pattern of the signal that is to be
rendered stereophonic, the angle ¢ — to be ascertai ned
manual |y or by metrol ogy — enclosed by the main axis
and the sound source, the fictitious |left opening angle
a and the fictitious right opening angle B, as well as

30 the attenuations A or else p for formng the resulting
stereo signal in the case of WO2009/ 138205 resp. the
angl e ¢ encl osed by the main axis and the sound source
as well as the attenuation A or else p for formng the
resulting stereo signal in the case of EP1850639 or



10resp. FIG. 23D or simplified FIG. 24D or also FIG. 25D resp. FIG. 27D or simplified FIG. 28D resp.
FIG. E9 or also FIG. EIO or simplified FIG. Ell resp, FIG. E12 resp. FIG. E13 or simplified FIG. E14
resp. FIG. E15 or also FIG. E16 or simplified FIG. %(17 resp. FIG. 18D 15 resp. FIG. 22D resp. FIG.
26D as overall the time coefficient s optimized according to the following consideration: Y*[g] =
TETY*[g -+ 1.1*[g] + D*[g] represents our second unambiguously solvable 20 inverse problem for the
pseudostereophonic signal Y*[g] to be formed, wherein U* resp. D* is directly dependent functionally

on said para t%raf(ﬁaéppg) pggbc;i?slcgpp(}ﬁ gfre{:ﬁ aa{rppétﬁgérﬂfsmessg 6pgﬁl 0 be rendered

stereophonic, angle ﬁ/ ascertained manua g orb tro gi enclosed b the main axis
and the sound ébl}%% Gfd ffagﬁ&fsgleﬂroﬁ%%&%%@ Rd %e fitfibteHgHP op&Ritg angle 13, as
well as the att&UTdtERPRALAY O16832¢ thedime pa@amERr srfoaiosimirty Be redultingatereo signal in 30

the case of W&gQQQ/EgS@%’g [ESPrile apglegr englaged-pysthemay: axis andrng soggd source as well
as the att nuation k or else p the ti ar ter s for forming re ster o signal in the case
o EP 1055050 80050 e n i Aer PP I S SRk e s IB00L A59640 or
W02011/0096606r G201 2628 0 r@@Pd‘B’EF*Z@&Q/OG@B@Z ré4p FIEsS[E3 bt 8D alsdFIG. E4 or also
FIG. ES5 resp. FégpE6 or @lso1klIS . ek i alsp&IGEESgesh) kI§s-FAsor gt3odTI G198 resp. FIG. 11D

or also FIG. 12D re FIG 1 A bzw. Fl 14Ar IG. 13D res 1 EIGG. El or such 5
FIG. E2 or alsilathefus% desrr 8(rjl?g?ra(rj1: anre%? o ngorr%]fofql:ﬁggl CIE;‘r]esfl Eﬁfm ST\i(.33r5|mpllf|ed

FIG. 20D or alk8¥6G. Bi6 red80F @8, zﬁJDTBl simRifebIFrG. 24D &alsd ﬁFG P4 rédP FIG. 27D or
simplified(FIGr 28Ip resp.GIG2 8D a@ralsd fpGi ElCeer $Hn@lifiedBlGr ElNLOtespl EIG2ELR resp. FIG.

E13 or simplifiedfJG- B14 27D or sinplified FIG 28D resp. FIG E9 or
also FIG E10 or sinplified FIG E11l resp. FIG E12
resp. FIG E13 or sinplified FIG E14 resp. FIG E15 or
also FIG E16 or sinplified FIG E17 resp. FIG 18D

15 resp. FIG 22D resp. FIG 26D as overall the tine
coefficient s optim zed according to the foll ow ng
consi derati on:

Y[ql = UY[q- t'] +W[qg] + DJ[q]

represents our second unanbi guously sol vabl e
20 inverse problemfor the pseudostereophonic signal Y][q]
to be formed, wherein U resp. D is directly dependent
functionally on said paraneters f (resp. n) which
describe the directional pattern of the signal that is
to be rendered stereophonic, the angle ¢ — to be
25 ascertained nmanually or by netrol ogy — enclosed by the
mai n axi s and the sound source, the fictitious left
opening angle o and the fictitious right opening angle
B, as well as the attenuations A or else p or the tine
paranmeter s for formng the resulting stereo signal in
30 the case of WOR2009/138205 resp. the angle ¢ encl osed by
the main axis and the sound source as well as the
attenuation A or else p or the tine paraneter s for
formng the resulting stereo signal in the case of
EP1850639 or al so the paraneters of the arrangenents
35 according to WOo2011/ 009649 or WXR011/ 009650 or
CH01264/ 10 resp. PCT/ EP2011/ 063322 resp. FIG E3 or



resp. FIG. E15 or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp. FIG. 22D resp. FIG. 26D.
If one now substitutes In the original equation Y[g].= UY[g -+ W[q] + D[q] 15 U by U9 resp. D by D9,
the sought optimized parameters parameters f (res%). n) which describe the directional pattern of the
signal that Is to be rendered stereophonic, the angle y - to be ascertained manually or by metrology -
enclosed by the main axis and the 20 sound source, the fictitious left opening angle a and the fictitious
right opening angle 13, as well as the attenuations k or else p or the time parameter s for forming the

resulting stertégl sg‘g)nqillléth%ﬁa%q o&\/\éﬂ@OQﬁéSB@QSrrggg.. th&ﬁﬁg'% egplog,leg(pylztp main 25 axis
S P

and the sound source as well as the attenuation k or else p or the time Earameter s for forming the

resulting sterebsiGfaldh 3% EASR ofEPR850633 bFals8thhafhrRBtdr Gf thePhrafSdnents
according to VI0ZR 11100949 ai ¥ G 00RBB0rarSpHOF262/10 3ésh BAP ET/EP2D4A/063322 resp.

FIG. E3 or alspézég._. Edqt alsaplG B resd- §1G1 kB qr@g} FEp &7 181 a0 Bl 8 resp. FIG. 9D or
also FIG.%ODIEE?% FIG. 11D ?r also FIG. 12D rbgsp. FIG. 13A reslﬁ. FIG. 14A rgsp. FIG. 13D resp.
FIG. 14D Tesp. . EForPIs8'Fié. fia%rja J 3 ﬁfsrt'dlgg ried & 9&8&%?150 fthgeform of FIG. 17D
resp. FIG. 190 oF Binglified &Gl 20Dr @sdiso FIG 29 B105zve.i P, i2B0egk Sihiplified®PIG. 24D or also
FIG. 2|:5|ICD; r(IaEslpzoFlgl g::zljé pr@jmglmgdrﬁ@_ﬁﬁ Gingtﬁoﬁlg(?irlﬁﬂq IFIESCEICEJFQIQ; sigmjjfied_ Fl(l‘;_f._ Eclil
resp. : resp. o, ifie . resp, . o] o] : r simplifie
FIG. E17 resp?&l ' 76b I?e?s&g Igéﬁggﬁsr‘éjs : I(CE‘;. %%ﬁcgrrl b?e'o[g??erlml;i'ng(?lclﬂa ylf)%ga[gproximately on
the basis of theg8Rowiih@quBloR! YR SCTR%[@-- W8] obkgy i fied FIG Ell

10 resp. FIG E12 resp. FIG E13 or sinplified FIG E1l4

resp. FIG E15 or also FIG E16 or sinplified FIG E17
resp. FIG 18D resp. FIG 22D resp. FIG 26D. If one
now substitutes in the original equation

Ylaql = UY[q- t’] +Wq] + Dq]

15 Uby U resp. Dby D, the sought optimized paraneters
paraneters f (resp. n) which describe the directiona
pattern of the signal that is to be rendered
st ereophonic, the angle ¢ — to be ascertai ned manual | y
or by netrology — enclosed by the main axis and the

20 sound source, the fictitious |eft opening angle o and
the fictitious right opening angle B, as well as the
attenuations A or else p or the tinme paraneter s for
formng the resulting stereo signal in the case of
WO2009/ 138205 resp. the angle ¢ enclosed by the nmain

25 axis and the sound source as well as the attenuation A
or else p or the tinme paraneter s for formng the
resulting stereo signal in the case of EP1850639 or
al so the paranmeters of the arrangenents according to
WO2011/ 009649 or WO2011/ 009650 or CHO01264/ 10 resp.

30 PCT/EP2011/ 063322 resp. FIG E3 or also FIG E4 or also
FIG E5 resp. FIG E6 or also FIG E7 or also FIG E8
resp. FIG 9D or also FIG 10D resp. FIG 11D or also
FIG 12D resp. FIG 13A resp. FIG 14A resp. FIG 13D
resp. FIG 14D resp. FIG El1 or also FIG E2 or also

35 just described arrangenents of the formof FIG 17D
resp. FIG 19D or sinplified FIG 20D or also FIG 21D



10In the second case, no stereophonic signal Y[g] Is available for optimizing the pseudostereophonrc
signal Y9[g]. Rather, the user Is to be provided Wit?ﬁf tool for directly optimizing the parameters f
(resp. n) which describe the directional pattern of the signal 15 that Is to be rendered stereophonic, the
angle y - to be ascertained manually or by metrology - enclosed by the main axis and the sound
source, the fictitious left opening angle a and the fictitious right opening angle 13, as well as the
attenuations k or else p or the time 20 parameter s for forming the resulting stereo signal In the case of

W02009/138285\5ps& t&e aﬂgfg Y)anlio Pl bMtQB nﬁlaa %sﬁpq) heazls%taﬁq::f(élrc% well as the

attenuation k or else p or the time param ter s for formin (g e resulting stereo SI%@% n the case of 25

EP1850639 of £88- thé:b%arﬁg@ré’bf fHeta i detfefts Gecdfihg 85 Wo201e1005549 or
W02011/00968Ds0 GHIT 262100 cesps iRGT/ER26d 1FIEG328 résp 666, B3 & alBbFIG. E4 or also FIG.

a0 FIG. 12 e F G e e 4 Sor B or s FIG
E2 or als jUS Gc's%l‘lél?g" é]né ﬁﬁerﬁé'&) .e{foé)ﬁ.in d%?l'—cﬁG%;% rregﬁpFlééPé 5[3 mblified FIG. 20D.
or also FIG. 21Bs8sp.F#1G. 23B1vrr siFplifiéd 61G 284D @a3shisodei® 28Desp. #68! 2ID or simplified

FIG. 28D respoFIGpp? o iaHe BIG: Bk ehsimpdiied RiG. ERS2fr65p oiGhdE12 resp. FIG. E13 or
simplified FIG. E14 resp..FIG. Elf or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp. FIG.

22D resp. FIG. %Bt hus de facto to directly Influence the spatial parameters of 5 the
pseudostereophonic mapping. This occurs by directly influencing the parameters t9 resp. U9 resp. D9,

that are optimized accordipg}o thefoffosving etuationy Yi[q} - DETO*[a-1®[a] - L)*[q] = O until an ideal
or approximately satisfactory result is

10 In the second case, no stereophonic signal Y[(q]
is avail able for optimzing the pseudostereophonic
signal Y[q]. Rather, the user is to be provided with a
tool for directly optimzing the paraneters f (resp. n)
whi ch describe the directional pattern of the signal

15 that is to be rendered stereophonic, the angle ¢ — to
be ascertained manual ly or by netrol ogy — encl osed by
the main axis and the sound source, the fictitious |eft
opening angle o and the fictitious right opening angle
B, as well as the attenuations A or else p or the tine

20 paraneter s for formng the resulting stereo signal in
the case of WO2009/ 138205 resp. the angle ¢ encl osed by
the main axis and the sound source as well as the
attenuation A or else p or the tine paraneter s for
formng the resulting stereo signal in the case of

25 EP1850639 or al so the paraneters of the arrangenents
according to WO2011/ 009649 or W0O2011/ 009650 or
CH01264/ 10 resp. PCT/EP2011/063322 resp. FIG E3 or
also FIG E4 or also FIG E5 resp. FIG E6 or also FIG
E7 or also FIG E8 resp. FIG 9D or also FIG 10D resp.

30 FIG 11D or also FIG 12D resp. FIG 13A resp. FIG 14A
resp. FIG 13D resp. FIG 14D resp. FIG El or also
FIG E2 or also just described arrangenents of the form
of FIG 17D resp. FIG 19D or sinplified FIG 20D or
also FIG 21D resp. FIG 23D or sinplified FIG 24D or

35 also FIG 25D resp. FIG 27D or sinplified FIG 28D
resp. FIG E9 or also FIG E10 or sinplified FIG El1



10 achieved. In particular, Wk[q] can be expressed directly by the monophonic base signal to be
rendered stereophonic. If U* resp. D* are to be m ed with an existing dictionary of available
operators U bzw. D, we 15 have again the descrlb solvable first case of our optimization problem
with the equation Y*[q] - UY*[q -- 1,1*[q] - D[q] = O A further criterion for the first case of the
optimization problem, wherein a pseudostereophonic 20 signal Y*[q] is to be newly formed on the
basis of the acoustic parameters of an already existing signal Y[q], is supplied by the Spatial Audio

Object Codin *@fﬁ C):paon tlpetQ stqg fttﬁgrtYF @quq Ilréadg_,lp@w t%if}? spatial operators

U,D bzw. U* the 25sinusol aI models o ] are compared, i.e. those spectral

components th&tSRe rE&fdndtie Rihifsa®E lf Iogzgclfeza%nSl'n'“‘ﬂﬁlér'tlf:uIEthH:e| Gevi&tldn of these
sinusoidal modelsgronfrioGe aIWer&sam bd-hGant22d. Taspe pardne@BHf (rekpsn)dehich describe 30

the directionalpgatiesn of the sigeal ﬁftplp@nr@@dppp@ éqqp‘{]onﬁ;d,ﬂ&%pgl,eg ofo be ascertained
manually or b E%(}etrolo enclose H%)]the main axis and the sound sour%g T(flctmgus left opening
n

angle 33 e ﬁét gsr g‘Fﬁ 883 B'&wd@&@' QQWe IYsth8%ttehe eyp or the time
parameter s fdrﬁbirﬁlﬁgt'thélgeémm@gfe&iﬂ@tlyn%l in theesdase &f WOZDD9/2820% adsp. the angle y

enclosed by thg @alipaxirianddhaceundiseyreenas wellfas thewtieguatigakiasglse p or the time
parameter s for forming the resulting stereo signal in the case of EP1850639 or also the parameters of

the arrangements accordin f to W0201 /009649 or WO%011/009650 or CHO01264/10 resp.
10PCT/EP2011/063322 NedpllFIc. o&%uso tid. E4WHado - =0

until an ideal or approximtely satisfactory result is

10 achieved. In particular, W[qg] can be expressed
directly by the nonophoni c base signal to be rendered
st er eophoni c.

If U resp. D are to be matched with an
exi sting dictionary of avail able operators U bzw. D, we
15 have again the described solvable first case of our
opti m zation problemw th the equation

Y[ql - UY[qg- t] —W[g] - Dg] =0

A further criterion for the first case of the
opti m zati on problem wherein a pseudostereophonic
20 signal Y[q] is to be nemy formed on the basis of the
acoustic paranmeters of an al ready existing signal Y[(q],
is supplied by the Spatial Audio Object Coding (SACC)
bel onging to the state of the art. In this case, in
addition to the spatial operators U D bzw. U, D, the
25 sinusoidal nodels of Y[q] and Y[q] are conpared, i.e.
those spectral conponents that are responsible within
SACC for localization. In particular the deviation of
t hese sinusoi dal nodels from one another can be
quanti zed. Those paraneters f (resp. n) which describe
30 the directional pattern of the signal that is to be
rendered stereophonic, the angle ¢ — to be ascertai ned
manual |y or by metrol ogy — enclosed by the main axis
and the sound source, the fictitious |eft opening angle



FIG. E5 resp. FIG. E6 or also FIG. E7 or also FIG. E8 resp. FIG. 9D or also FIG. 10D resp. FIG. 11D
or also FIG. 12D resp. FIG. 13A resp. FIG. 14A re§t . FIG. 13D resp. FIG. 14D resp. FIG. El or also
FIG. E2 or also 15 just described arrangements of‘the form of FIG. 17D resp. FIG. 19D or simplified
FIG. 20D or also FIG. 21D resp. FIG. 23D or simplified FIG. 24D or also FIG. 25D bzw. FIG. 27D or
simplified FIG. 28D resp. FIG. E9 or also FIG. EIO or simplified FIG. Ell resp. FIG. E12 20 bzw. FIG.
E13 or simplified FIG. E14 resp. FIG. E15 or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp.

FIG. 22D FIG 2 then sel f [ d thi latjan igminimal and f
which on the qiha Rt th ISl e et IS ET UL v i U] L) B ey or

approximately!ddiedf. t enuaf @RSriorHrt, HoS&aRCAI-pRSs filtdre RATREE& fof eliminating the
mid sound souroes borpiifiad biyt8=B msahianogsigh&rasowsil gaddr 30 vatyingaseerebphonic or

pseudostereom@'@gpt_{@@gﬁgg@,@bbeipgé:OQH?thd@%t@@gatcbgpe[Iﬁg gigl{Q right channel of a
stereophanic %;{)seudo teéﬁophonic utput ségna. i

! iple, see f le US5671287 (G ,
the outpubsignilsof St B8 NEr A5 CAR bELOMhed o hR SorcEPUBct Ja

pseudostereotiorfit SRnaISfortdxaniple®y pasaedladditidmor s@tradi@nt Maeir use on
stereophonic iespuP$8UutPsiereppRORIC GitH1als withaoreasan dwopbagnels3s likewise possible. Such

all-pass flltersa§ gvhufrh%re %?sacr%)te Ja _Il[%ragll,r]% agrarl_l- absg r@r%r% 05 grg&hs&chasq Xl nth order and
whose overall application on monophonic, stereophonic oF pseudostereophonicsignals is also state of

the art, work olk#8AdihgRAR&PwWRA IFPE)IEMPO8ERTineY 1GRdRGfHeD. ERSP herein. They can be
used notlonly REASPROACESSBRBA e stgreoph@ic EB pseuddsierdapBoniEdsignalalabsained on the
basis of own cifit s%gergn qesr;qr@edr__%erspw r&sgociﬁqc&uer i ’&“tQF%YSOﬁr(S”a@ée their

integration directly and in a 15 versatile manner into the described or cited own circuit schemata and

optimization pFéteRses ! tfts G TikhRR ddcGrditdh IS Satdbfthe P e &tER principle of an
all-pass filter dfltke fifs2 Brdersip repileGented/oy wap .of Ek&mpletity FIES A F, fhdécirdldR20 principle of

an all-pass filtgrégfpthelqegoangiere@ Lgepr,epglteglbbyvawog gxgingle iFIG- 25 so Similarly,
phase re%ulators an euseg)tiéat addltionag%egable thfﬁh edifferfnf:ig}tki:z ereophonic or
pseudos% reobflf'cc' ic %?1%” b Zgra{drih_nsqg ..§_<§‘r18f1a Fe?i%tg}so re also suitable not only for
post-processirfigePtheFSt&reopBbhierorgiseRosieesogtdric igRarromhmeddriGhedddgis of own
circuit schemata gigscriad herzim mgsps ciipd herela, rutanozopesenabledheir mtegrsgon directly and
ina bzw. FIG 27D or sinplified FIG 28D resp. FIG E9 or

also FIG E10 or sinplified FIG E11l resp. FIG E12

20 bzw. FIG E13 or sinplified FIG E14 resp. FIG E15 or

also FIG E16 or sinplified FIG E17 resp. FIG 18D

resp. FIG 22D resp. FIG 26D are then selected for

whi ch on the one hand this deviation is mniml and for

whi ch on the other hand the follow ng equation

25 Ya] - UY[qg- t] - Wa] - D[q] =0
is ideally or approximtely sol ved.

In the prior art, so-called all-pass filters
can be used for elimnating the md sound sources
anplified by 3dB in a nono signal as well as for

30 varying a stereophonic or pseudostereophonic sound
i mage, by being connected downstreamto the |eft and/or
ri ght channel of a stereophonic or pseudostereophonic
output signal. In principle, see for exanple US5671287
(CGerzon), the output signals of such all-pass filters
35 can be conbined to new stereophonic or



30 versatile manner into the described or cited own circuit schemata and optimization processes, this
being likewise according to the state of the art. Their use on stereophonic resp. pseudostereophonic
signals with more than two channels is likewise po élble The basic 35 circuit principle of a phase
regulator, here represented in a simplified manner for sinusoidal signals, is represented by way of
example in FIG. 3F. 35 The simplest example of numerous possibilities Is represented for
example by FIG. 4F, wherein an all-pass filter Is connected downstream for example In the left resp. In

P 1550635 of BIOMS o208 o 020 RDEa0 O ViDLl GOSNb0) S Har I 20111063322 ros.
FIG. E3 or alsBHIE! EAbrAisS BRE T 2614 FIGN 6 orsigo ﬁ'it;SE‘?ro?%%oﬂ'é E8 resp. FIG. 9D or
also FIG. 10Drresp. 1gHIH6udabt @rasp @i t2Birgs@al HOnM1BA respeFiGhaA vasp. FIG. 13D resp.

FIG. 14D fespcﬁé%n'él Q" 3180 HIQ R QE AlRey @ﬁbﬂ%scrﬁ?@rﬁr@ngega%@mfmeefcgm of FIG. 17D
resp. FIG_19D pllfled IG. ZOE or also FIG. 21D re;iéi FIG. 23D or sm(%oll[led FIG. 24D or 15also

F1G, 25D Brw IS B S B GrdifieA%9G. Bab! (e&pAFIE & 8r Alsb MBS EId bt St ified FIG. EI
resp. FIG. E1®@hz#i FRS.,EERepsithpified' FIGr Bed resysl Faosas®rensd FIG. E16 or simplified FIG.

E17 resp. FIGapBPirear e @2 Chiasep fitfai 46D sYuhilsbdh 816 seytdostereophonrc output signal of
an inventive afr ing to EP1850639. or W0200 /1 20 2011/009649 or
W02011/0096g§l aﬂﬁgé g ré%p8 P%P?E?ﬂz?m 6@338 r%sgtslglé Vﬁr%also]tFlG E4 or also FIG.
E5 resp. FIG. W8rdr 86 Fi@ndy vglysoreld. wd phreapr FFGS@@@F a%‘%ﬁfcl@ b resp. FIG. 11D or
also FIG1d2Dhespi G- dSA respt WG hetAeresp. F@yl3Rnedr kiSedbotespnFiG. El or also FIG.

E2 or also justfq)qsgsiggg 25W§§§M§ogth émsqfé:rlg’oéﬁ HesPoFIG. 19D or simplified FIG. 20D
or also FIG. 21D 3 esp IG 23D ors mp|f|e FIG 24Do also FIG 25D bzw. FIG. 27D or simplified

FIG. 28D respp??é' degtser eophoni c signal s obtained on the basis of own
circuit schemata described herein resp. cited herein,

but noreover enable their integration directly and in a

15 versatile manner into the described or cited own
circuit schemata and optim zation processes, this being
| i kewi se according to the state of the art. The circuit
principle of an all-pass filter of the first order is
represented by way of exanple in FIG 1F, the circuit

20 principle of an all-pass filter of the second order is
represented by way of exanple in FIG 2F

Simlarly, phase regulators can be used that

additionally enable the phase difference of the
st er eophoni ¢ or pseudost ereophonic signal to be

25 adjusted. Such phase regulators are also suitable not
only for post-processing of the stereophonic or
pseudost er eophoni ¢ si gnal s obtai ned on the basis of own
circuit schemata described herein resp. cited herein,
but noreover enable their integration directly and in a

30 versatile manner into the described or cited own
circuit schemata and optim zation processes, this being
| i kewi se according to the state of the art. Their use
on stereophoni c resp. pseudostereophonic signals with
nore than two channels is |ikew se possible. The basic

35 circuit principle of a phase regul ator, here
represented in a sinplified manner for sinusoida
signals, is represented by way of exanple in FIG 3F



also FIG. EIO or simplified FIG. Ell resp. FIG. E12 bzw. FIG. E13 or simplified FIG. E14 resp. FIG. E15
or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D 35 resp. FIG. 22D resp. FIG. 26D exhibits a
good emphasis of the mid sound sources, for exa gle FIG. 4F provides for a corresponding
dispersion with good source localization. 36 The simplest example of numerous possibilities for
the use of phase shifters is represented for example by FIG. 5F, wherein a phase shifter is connected
downstream for example in the left channel of 5 the pseudostereophonic output signal of an inventive

arrangement according /13820 11/009650 or
CH01264/10 resp. PCT/I?I@?)ﬁqggggf% r\(/ags?agll—%ié g?or%a HéY:G E%%%%ﬁ %Qresp FIG. E6
or also FIG. EVDr/afy ERSTESY0fcdp. ?@”@ﬂ)%r bysdtfe. 1D réde rF‘FG”lf‘B cﬁ‘ ISo FIG. 12D
resp. FIG. 134 essp. HIGt 84A iresm. dfiGe A BBdredpWRES .r RHITdsp. F@aBEpbealsa RIGe E2 or also just

described arrgngemenig gf theqfof ’P?é)frFZE' t17PH§ﬁHeF'%f199 ps eifiidied FdEpRBRY & also FIG.
21D 15re§p FIG, 23D or. %qglf FIG. 24D or also FIG. 25D bzw. FIG. 27D of. S|mpI|f|ed FIG. 28D

resp. FIGT'E9 8%'% FIS. orgmﬁ}ﬁleHW%mE'll Ssarﬁl@@l@ﬂwaﬁ@rﬂf& |ﬂ1p||f|ed FIG.
E14 resp. FIGER18T &b PIG WO OPikdHZeE FIG. YWD2Gé3p 0085438020 resp. FIG. 22D resp.

FIG. 26D and irgsonrov giesde0an adipstatpe zisperaie833hoit gegcriptian oftBedigures
Various embogilrg%ntiIo&theEﬁreanginggnE?rbareEge§ceriSb§.d l}_qranaggr BY V\laE}yS%f %ag\ple, with

E7 or also FIG E8 resp. FIG 9D or also FIG 10D resp.

10 FIG 11D or also FIG 12D resp. FIG 13A resp. FIG 14A
resp. FIG 13D resp. FIG 14D resp. FIG El or also
FIG E2 or also just described arrangenents of the form
of FIG 17D resp. FIG 19D or sinplified FIG 20D or
also FIG 21D resp. FIG 23D or sinplified FIG 24D or

15 also FIG 25D bzw. FIG 27D or sinplified FIG 28D
resp. FIG E9 or also FIG E10 or sinplified FIG El1
resp. FIG E12 bzw. FIG E13 or sinplified FIG E14
resp. FIG E15 or also FIG E16 or sinplified FIG E17
resp. FIG 18D resp. FIG 22D resp. FIG 26D. Wil st

20 the pseudostereophoni c out put signal of an inventive
arrangenent according to EP1850639 or WXR2009/ 138205 or
W02011/ 009649 or WOR011/ 009650 or CH01264/ 10 resp.
PCT/ EP2011/ 063322 resp. FIG E3 or also FIG E4 or also
FIG E5 resp. FIG E6 or also FIG E7 or also FIG E8

25 resp. FIG 9D or also FIG 10D resp. FIG 11D or also
FIG 12D resp. FIG 13A resp. FIG 14A resp. FIG 13D
resp. FIG 14D resp. FIG El or also FIG E2 or also
just described arrangenents of the formof FIG 17D
resp. FIG 19D or sinplified FIG 20D or also FIG 21D

30 resp. FIG 23D or sinplified FIG 24D or also FIG 25D
bzw. FIG 27D or sinplified FIG 28D resp. FIG E9 or
also FIG E10 or sinplified FIG E11l resp. FIG E12
bzw. FIG E13 or sinplified FIG E14 resp. FIG E15 or
also FIG E16 or sinplified FIG E17 resp. FIG 18D

35 resp. FIG 22D resp. FIG 26D exhibits a good enphasis
of the md sound sources, for exanple FIG 4F provides
for a correspondi ng di spersion with good source
| ocal i zati on.



25 reference being made to the following drawings: FIG.1Ashows the circuit principle of a known
panoramic potentiometer. FIG.1Bshows an examp#e of a circuit for two logic elements for normalizing
the level and 30for normalizing the degree of corre gtion of the output signals from a stereo decoder
(for example a stereo decoder according to W02009/138205 or EP1850639), wherein the input signal
M and S can (before passing through an 37 amplifier upstream to the MS matrix) optionally be fed to a
circuit according to FIG. 7B, which is optionally also connected downstream to FIG. 10B. FIG.1Cshows

the apolarity constraint fomge gyﬁ?ggtsé(%%% %}I;G.ﬁ%ﬁgpwaé ?H_‘éi% Ii_:!?‘%cloLEjirn%o EP1850639

which according to the invention een ex ed by the parameter s shows the circuit

schema of a phiBF altM-pR& Mfer BRARE P FRE 2ASHoWRRRESERNGSidPEurve for the
exanple by FIG 5F, wherein a phase shifter is

connected downstream for exanple in the | eft channel of
5 the pseudostereophonic output signal of an inventive
arrangenent according to EP1850639 or WX2009/ 138205 or
W02011/ 009649 or WOR011/ 009650 or CH01264/10 resp.
PCT/ EP2011/ 063322 resp. FIG E3 or also FIG E4 or also
FIG E5 resp. FIG E6 or also FIG E7 or also FIG E8
10 resp. FIG 9D or also FIG 10D resp. FIG 11D or also
FIG 12D resp. FIG 13A resp. FIG 14A resp. FIG 13D
resp. FIG 14D resp. FIG El1 or also FIG E2 or also
just described arrangenents of the formof FIG 17D
resp. FIG 19D or sinplified FIG 20D or also FIG 21D
15 resp. FIG 23D or sinplified FIG 24D or also FIG 25D
bzw. FIG 27D or sinplified FIG 28D resp. FIG E9 or
also FIG E10 or sinplified FIG E11l resp. FIG E12
bzw. FIG E13 or sinplified FIG E14 resp. FIG E15 or
also FIG E16 or sinplified FIG E17 resp. FIG 18D
20 resp. FIG 22D resp. FIG 26D and thus provides for an
adj ust abl e di spersi on.

Short description of the figures

Vari ous enbodi ments of the present invention
are described hereinafter by way of exanple, with
25 reference being nade to the foll ow ng draw ngs:

FIG 1A shows the circuit principle of a known
panor am ¢ potentioneter.

FIG 1B shows an exanple of a circuit for two

| ogic elenents for nornmalizing the | evel and
30 for normalizing the degree of correlation of

the output signals froma stereo decoder (for

exanpl e a stereo decoder according to

WO2009/ 138205 or EP1850639), wherein the input

signal Mand S can (before passing through an



left and right channels of a panoramic potentiometer without an extended stereo width 15range and
corresponding mapping angles. FIG.2Bshows an mple of a circuit which maps given signals x(t),
y(t), by using the transfer functions f [x(t)] and g [y(1)], on the complex number plane, resp. ascertains
the 20argument of the sum thereof f[x(t)] + g[y(t)]. FIG.2Cshows the functions S, S' and Z' for the
Cartesian coordinate system x1 = ul, x2 = u2, x3 = u3 from the perspective of the first quadrant of the
corresponding complex number 25plane. FIG.2Dshows a first circuit according to W02009/138205

resp. W02011/009649 ng 13CEP ngjb%mee P‘r?[?tbo ta%s %erﬁgﬁq@g}edéﬁ/ éhgﬁg eters. 38
se

FIG.2Fshows the circuit schema of a prior art all-pass Iter cond order s a first
embodiment of a device BEof z??nétﬁoé‘ aEbéf‘Ej‘tHd toa\ﬁfb‘?bgmﬁ)%gfg':lﬁhgt%m WY & channel L'
resp. right channel R' resudtingpfrorortae Isyerab sie codimgesreazhothded 1o mgaandramic potentiometer for
collective buses L and Rg) . 10B.

5 FIG 1C shows the apolarity constraint for the

functions S, S’ and }’.

FIG 1D shows a circuit according to EP1850639
whi ch according to the invention has been
extended by the paraneter s.

10 FIG 1F shows the circuit schema of a prior
art all-pass filter of first order.

FIG 2A shows the attenuation curve for the

| eft and right channels of a panoramc

potenti ometer wi thout an extended stereo w dth
15 range and correspondi ng nmappi ng angl es.

FIG 2B shows an exanple of a circuit which

maps given 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
20 argument of the sumthereof f[x(t)] + g'[y(t)].

FIG.2C shows the functions S, S’ and }’ for

the Cartesian coordi nate systemx; = u;, Xz =

U, X3 = ug fromthe perspective of the first

quadrant of the correspondi ng conpl ex nunber
25 pl ane.

FIG 2D shows a first circuit according to
WO2009/ 138205 resp. WO2011/ 009649 whi ch
according to the invention has been extended by
the paraneter s.



FIG.3Bshows an example of a circuit for 10selecting the definition range by using the parameter a.
FIG.3Cshows the functions S, S' and Z' for the Caﬁ;tgsian coordinate system x1 = ul, x2 = u2, x3 =u3
likewise from the perspective of the 15first quadrant of the corresponding complex number plane.
FIG.3Dshows a second circuit according to W02009/138205 resp. W02011/009649 which
according to the invention has been extended by 20the parameter s. FIG.3Fshows the circuit schema
of a prior art phase shifter. FIG.4Ashows a second embodiment of a device or of a method according

to W02011/009649, ZSWE?@ }be Iegtl,ﬁmgnfehb rg§? tltjle rlgcl'né P?Qﬁﬁn%' R a[eéyltl from the stereo
0)

decoding are each fed to a Panoramlc potentlometer rco Iectlve buses L an IG.4Bshows an
example of a circuit for a@' -pass filter of second order.

FIG3A shows a first enbodi mrent of a device
or of a nmethod according to WO2011/ 009649,

5 wherein the I eft channel L' resp. right channel
R resulting fromthe stereo decodi ng are each
fed to a panoram c potentionmeter for collective
buses L and R

FIG 3B shows an exanple of a circuit for
10 selecting the definition range by using the
paraneter a.

FIG.3C shows the functions S, S’ and )’ for
the Cartesian coordi nate systemx; = u;, Xz =
U, X3 = ug |ikewise fromthe perspective of the

15 first quadrant of the correspondi ng conpl ex
nunber pl ane.

FIG 3D shows a second circuit according to

WO2009/ 138205 resp. WO2011/ 009649 whi ch

according to the invention has been extended by
20 the paraneter s.

FIG 3F shows the circuit schema of a prior
art phase shifter.

FI G 4A shows a second enbodi nent of a device
or of a nmethod according to Wo2011/ 009649,

25 wherein the I eft channel L' resp. the right
channel R resulting fromthe stereo decoding
are each fed to a panoram c potentioneter for
col l ective buses L and R

FIG 4B shows an exanple of a circuit for a
30 third |l ogic el enent which checks the signals,
whi ch are generated in FIG 1B and which are



30third logic element which checks the signals, which are generated in FIG. 1B and which are 39
mapped on the complex number plane as shown in FIG. 2B, in terms of the admissible definition
range, defined in a new fashion according to FIG. by the parameter a, according to the 5constraint
Re2{fIx(t] + gly(t)11 * 1/a2 + Im2{flx(t] + gly(t)111. FIG.4Cshows the functions S, S' and Z' for the
Cartesian coordinate system x1 = ul, xz = u2, x3 = u3 from the perspective of the fourth 10quadrant of
the corresponding complex number plane. FIG.4Dshows a third circuit according to

W02009/138205 resp. %gay 8?4%){@"%%@13?@' w&t&}@p %Yeamlé)nélass%%extﬁnded by 15the

parameter s. FIG.4Fshows S|m§fe exam ownstream connection of an all-pass filter each in

the left resp. in the right HdAnef 'sfbrESbl’?@nle for bREUASKTE RIpRbRISth D 20G8nal of an
inventive arrangement accamndieg td&fR 1850630 a WeR200@d 88205 ac 020 11g0@9649 or

W02011/009650 or CHOE264/18 ge$R, RGEFERRUHI®I322: according to the
5 constraint Re?{f'[x(t] + g'[y(t)]} * 1/a? +
Inf{f [x(t] + g'ly(t)]} <1

FIG.4C shows the functions S, S’ and }’ for
the Cartesian coordi nate systemx; = u;, Xz =
U, X3 = ug fromthe perspective of the fourth

10 quadrant of the correspondi ng conpl ex nunber
pl ane.

FIG 4D shows a third circuit according to

WO2009/ 138205 resp. WO2011/ 009649 whi ch

according to the invention has been extended by
15 the paraneter s.

FIG 4F shows a sinple exanple of the
downst ream connection of an all-pass filter
each in the left resp. in the right channel of
a stereophoni c or pseudostereophoni c out put

20 signal of an inventive arrangenent according to
EP1850639 or WO2009/ 138205 or WO2011/ 009649 or
WO2011/ 009650 or CH01264/ 10 resp.
PCT/ EP2011/ 063322.

FIG5A shows a third enbodi mrent of a device

25 or of a nmethod according to WO2011/ 009649,
wherein the I eft channel L' resp. right channel
R resulting fromthe stereo decodi ng are each
fed to a panoram c potentionmeter for collective
buses L and R

30 FIG 5B 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
t he purpose of maxim zing the function val ues



FIG.5Ashows a third embodiment of a device 25or of a method according to W02011/009649, wherein
the left channel L' resp. right channel R' resulting from the stereo decoding are each fed to a
panoramic potentiometer for collective buses L anér . 30FIG.5Bshows an example of a circuit for a
fourth logic element which finally analyzes the relief of the function flx(t)] + g[y(t)] for the purpose of
maximizing the function values 40 thereof, wherein the user has a free choice of the limit value R*
defined by the inequality (8aB) (resp. by the deviation A likewise defined by the inequality (8aB)) for

thig Smaximization. FIG.%‘@E 3 Fh%(g}v&rgeqcrgeb%{%aevrjorn%{f \é/g%g{héiﬁg(m%(i:tp@, g\fhich here_
optimizes the parameters B resp. n), aBp for example on the basis of the mean values of the inter-
&r

10section points in the 18 5813rd YahHRarfts & fhreRgbel¥obitted Mi@5IghYI sections of the
same length mapped on (lBa&)mplexsumber plhre deth thbi mane\spahkead By the vectors (1, 1, -2)

and (1, 1, 1) or also (-1, def) AR 13{1.the); ﬁ&lggshpys&fgg yarigt enppediment of the first
circuit according to W02009/138205 reSé). W02011/009649 which according to the invention has been
h

extended by the parametré?é'. BHERS ERBhows a simple example of the downstream connection of a
phase shifter in the left channel of a stereophonic or pseudostereophonic output signal of an

FIG 5C shows the convergence behavior of a
wei ghting function, which here optim zes the
paraneters ¢, f (resp. n), o, P for exanple on
t he basis of the nean values of the inter-

10 section points in the 1% or also 3'% quadrants
of three pseudostereophoni c signal sections of
the sane | ength mapped on the conpl ex numnber
pl ane with the plane spanned by the vectors (1,
1, -2) and (1, 1, 1) or also (-1, -1, 2) and

15 (1, 1, 1).

FIG 5D shows a first variant enbodi nent of
the first circuit according to WR2009/ 138205
resp. W0O2011/ 009649 which according to the

i nvention has been extended by the paraneter s.

20 FIG 5F shows a sinple exanple of the
downst ream connecti on of a phase shifter in the
| eft channel of a stereophonic or
pseudost er eophoni ¢ out put signal of an
i nventive arrangenment according to EP1850639 or

25 WO2009/ 138205 or WO2011/ 009649 or WOR2011/ 009650
or CH01264/10 resp. PCT/EP2011/063322. The
right input signal is retained without change
as output signal. This results in a nodified
st er eophoni ¢ or pseudost er eophoni c signal.

30 FIG 6A shows a fourth enbodi nent of a device
or of a nmethod according to WO2011/ 009649 with
acircuit that is equivalent to FIG 3A having
a slightly nodified M5 matri x, which renders



inventive arrangement according to EP1850639 or 25W02009/138205 or W02011/009649 or
W02011/009650 or CH01264/10 resp. PCT/EP2011/063322. The right input signal is retained without
change as output signal. This results in a modified Stereophonic or pseudostereophonic signal.
30FIG.6Ashows a fourth embodiment of a device or of a method according to W02011/009649 with a
circuit that is equivalent to FIG. 3A having a slightly modified MS matrix, which renders 41 superfluous
a direct downstream connection of panoramic potentiometers. FIG.6Bshows an input circuit for an

already existing sterge, P'@@Ifsaé;%zstoatr@?sff%rct[o z?eggh%iitr %%ﬁ?%"(‘fﬂ Héa(]; B%Ol%]a‘or determining

the localization of the sigha shows an exam e circult described below for optimizing
pseudostereophonic sigri2'8h 38 Ha8iRldt AdeNigce Ginvariants, which can be directly connected
downstream of FIG. 5B, and with which it then constitutes in this example an inseparable unit. In this

case, the outputs of FIG.igGEwiRIN the.gifire L sghema argite begkotigated esish a way as if
they were those of FIG. 5B.. The circuit of FIG. 6C hai the effect that the elt?ments connected

upstream thereto are noﬁ)f)'aggéé‘gwrﬁb‘gaﬁ 6 RitrSfaAt sBLESHs &PaddidaRnels. TheFesult is an

optimized> circuit as showmn in FIG 10B for determ ning
the localization of the signal.

FIG 6C shows an exanple of the circuit
descri bed bel ow for optim zi ng pseudost er eo-
phoni ¢ signals on the basis of al gebraic

10 i nvariants, which can be directly connected
downstream of FIG 5B, and with which it then
constitutes in this exanple an inseparable
unit. In this case, the outputs of FIG 6C
within the entire circuit schema are to be

15 treated in such a way as if they were those of
FIG 5B. The circuit of FIG 6C has the effect
that the el ements connected upstreamthereto
are now passed through for different sections
of audio signals. The result is an optim zed

20 paraneterization ¢, f, a, B on the basis of the
nmean val ues of the intersection points in the
15t or also 3'Y quadrant of these signal sec-
ti ons nmapped on the conpl ex nunber plane with
t he pl ane spanned by the vectors (1, 1, -2) and

25 (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1).

FIG 6D shows a second variant enbodi ment of
the first circuit according to WR2009/ 138205
resp. W0O2011/ 009649 which according to the

i nvention has been extended by the paraneter s.

30 FIG 6F shows the principle of the coding of a
five-channel signal according to Rec. ITUR
BS. 775-1, which after being downm xed to the
stereo 2/0 format is approximtely identical to
the (anplified) signal L, R and after being



20parameterization p, f, a, p on the basis of the mean values of the intersection points in the hst or

also 3rd quadrant of these signal sections mapped qn the complex number plane with the plane

spanned by the vectors (1, 1, -2) and 25(1, 1, 1) or4 Iso (-1, -1, 2) and (1, 1, 1). FIG.6Dshows a

second variant embodiment of the first circuit according to W02009/138205 resp. W02011/009649
which according to the invention has been extended by the parameter s. 30FIG.6Fshows the principle
of the coding of a five-channel signal according to Rec. ITU-R BS.775-1, which after being downmixed

to the stereo 2/0 format i?ﬁR{HFﬂ%Btel%i%@gc%ﬂéhﬁﬁﬁnpgftj‘?ﬁtsg@l L, R, and after being 42
Ofo

downmixed to the mono rmat is approximately identical to the (amplified) signal M. FIG.7Ashows
a circuit which is equival&RRH % IFI@t SA¥ebS i, &, prQidbE tHATRE FIh&SA k = p applies for the

inversely proportional attengait@ns\ and p of the panoramic potentiometers shown in FIG. 3A.

FIG.7Bshows a further example of a circuit 10for normalizing stereophonic or pseudostereophonic

signals which, when conﬁcﬁe%‘gown tream to FIG. 10B, is activated as soon 3gs the parameter z is
[t

present as an input sign cas%)%irﬁtiﬁ'v%ﬁ}é' is f)g alrrfactht'k/ r?(—fgpotnﬁs to the final
value of the gain factor kfth BIG3ABv@%h thel farafdtens Rvirgledefrb@t FIBCshows an example of

a circuit which, relation A = p applies for the inversely
proportional attenuations A and p of the
panor am c potentioneters shown in FIG 3A

FIG 7B shows a further exanple of a circuit

10 for normalizing stereophonic or
pseudost er eophoni ¢ si gnal s whi ch, when
connected downstreamto FIG 10B, is activated
as soon as the paraneter z is present as an
input signal. In this case, the initial value

15 of the gain factor A corresponds to the final
val ue of the gain factor A in FIG 1B when the
paranmeter z is transferred.

FIG 7C shows an exanple of a circuit which,
on the basis of the determ nation of the nean

20 square energy of the input signals si(t;),
so(ti), ..., ss(ti) and of the definable
weightings G, &, ... G, perforns a

normal i zati on of these input signals and
subsequently determ nes the invariants of a

25 conmbi nation f“(t) or of several conbinations
fao(t), f27(t), ..., fp°(t) of these input
signal s.

FIG 7D shows a circuit equivalent to FIG 4A

resp. FIG 13A, provided that the relation A =
30 p applies for the inversely proportional

attenuations A and p of the panoramc

potenti ometers shown in FIG 4A, extended

according to the invention by the paraneter s.



on the basis of the determination of the mean 20square energy of the input signals sl(ti), s2(t1),so(ti)
and of the definable weightings Gl, G2, ... G5, performs a normalization of these input signals and
subsequently determines the invariants of a 25combination f1(t) or of several combinations fl-(t),
fz-(t),f(t) of these input signals. FIG.7Dshows a circuit equivalent to FIG. 4A resp. FIG. 13A, provided
that the relation k = 30p applies for the inversely proportional attenuations k and p of the panoramic
potentiometers shown in FIG. 4A, extended according to the invention by the parameter s. 43

FIG.7Fshows the principllglgétlyg codg}go%a iﬁ%}fﬁgprﬁ@isbg%al gpc?rigé?%%ﬁﬁ N ]U% BS.775-1,

which after being downmixed to the stereo 2/ at does not corres to the'5(amplified) signal L,

R, however, after being ddwifin&Ban8 $he A /0366RAAS ReatRy RRAticAIt e (amplified) signal
M. FIG.8Ashows an enh&@&ed/&rclijt batsedioraf t er bei ng downm xed to the

stereo 2/0 format does not correspond to the
5 (anplified) signal L, R however, after being

downm xed to the nono 1/0 format is exactly

identical to the (anplified) signal M

FIG 8A shows an enhanced circuit based on
FIG 7A for normalizing the | evel of the output
10 signals fromthe stereo decoder.

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

15 FIG 8D shows a circuit equivalent to FIG 5A
resp. FIG 14A, provided that the relation A =
p applies for the inversely proportional
attenuations A and p of the panoramc
potenti ometers shown in FIG 5A, extended

20 according to the invention by the paraneter s.

FIG 8F shows the principle of the coding of a
five-channel signal according to Rec. ITUR
BS. 775-1, which after being downm xed to the
stereo 2/0 format is approximtely identical to
25 the (anplified) signal L, R and after being
downm xed to the nono 1/0 format is
approximately identical to the (anplified)
signal L + R

FIG 9A shows an exanple of a circuit which,
30 as an enhancenent to FIG 8A, maps given

signals x(t), y(t) as the sumof the transfer

functions f*[x(t)] = [x(t)/Vx2] * (-1 + i) and



FIG. 7A for normalizing the level of the output 10signals from the stereo decoder. FIG.8Bshows an
example of a circuit which maps given signals x(t), y(t) on the complex number plane by using the
transfer functions fIx(t)] and gly(t)]. 15FIG.8Dshows a circuit equivalent to FIG. 5A resp. FIG. 14A,
provided that the relation k = p applies for the inversely proportional attenuations k and p of the
panoramic potentiometers shown in FIG. 5A, extended 20according to the invention by the parameter
s. FIG.8Fshows the principle of the coding of a five-channel signal according to Rec. ITU-R BS.775-1,

which after being downmixegd to.the stereg mt is apRroximately ideptic (amplified)
signal L, R, and after beigg g%v((\)/%ﬁxed t?oy tﬁ'!egnzl%fno /0 fo@rinat i?pr{}rlgxi{enﬁgte yﬁ%ﬁrﬁt%gl to the
(amplified) signal L + R. BKSTBREhBIERE example of a circuit which, 30as an enhancement to FIG.

8A, maps given signals x(t), y(t) as the sum of the transfer functions *[x(t)] = [x(t)/2] * (-1 + i) and 44
g*ly(®] = [y(H42] * (1 + i) pphe omRigH MBS Pladien FEC ABshoys  examgle of a circuit for

adjusting the i mage width of an audi o signal.

5 FIG9D shows a circuit equivalent to FIG 7D,
based on the equations (3AA) and (4AA)
hereafter and which according to the invention
has been extended by the paraneter s.

FIG 9F shows the | oudspeaker array for a
10 five-channel signal according to Rec. ITUR
BS. 775- 1.

FI G 10A shows the exanple of a circuit that,
as an enhancenent to FIG 9A, stipulates the
i mage wi dth of a stereo signal.

15 FIGIOB shows a circuit for determning the
| ocal i zation of the signal, whose inputs are
connected with the outputs of FIG 5B resp.
with the outputs of FIG 6B.

FIG 10D shows a circuit equivalent to FIG 7D,

20 based on the equations (3AAA) and (4AAA)
hereafter and which according to the invention
has been extended by the paraneter s.

FI G 10F shows the standardized mx ratio of a
downm x for a five-channel signal according to
25 Rec. I TUR BS. 775- 1.

FI G 11A shows an exanple of an input circuit
for an already existing stereo signal L°, R°
prior to transfer to a circuit as shown in FIG
12A (for determining the localization of the
30 signal) which maps L°, i.e. I(t), and R°, i.e.



adjusting the image width of an audio signal. 5FIG.9Dshows a circuit equivalent to FIG. 7D, based on
the equations (3AA) and (4AA) hereafter and which according to the invention has been extended by
the parameter s. FIG.9Fshows the loudspeaker array for a 10five-channel signal according to Rec.
ITU-R ES. 775-1. FIG.10A shows the example of a circuit that, as an enhancement to FIG. 9A,
stipulates the image width of a stereo signal. 15FIG10Bshows a circuit for determining the localization
of the signal, whose inputs are connected with the outputs of FIG. 5B resp. with the outputs of FIG. 6B.

FIG.10D shows a circwtoﬁglljr?/alegétq ﬁbG 7d?n %Qba[s}gg qn %Sq?ﬁupﬂﬁ éf"' ﬁ% and (4AAA)

hereafter and which acc g to the invention h &been exten arameter S. FIG.10F

shows the standardized fil fdtio)df Eddlhimly ford five- (:h&nﬁel's)gr?d“écgolbfr(gttﬂZSRec ITU-R
BS.775-1. FIG.11A showsrgrt @xamp]e 8f 4riinpuit Lirowit fdnencalrgzldyxexistinigestereo signal L, R prior
to transfer to a circuit as 5h%‘HB in FIG. 12A (for determining the localization of the 30signal) which
maps L, i.e. 1(t), and R, i.e.

5 FIG 11D shows a circuit equivalent to FIG 8D,
based on the equations (3AA) and (4AA)
hereafter and which according to the invention
has been extended by the paraneter s.

FIG 11F shows the total possible paraneter

10 conbi nations for the paraneter f (resp. n)
whi ch describe the directional pattern of the
signal that is to be rendered stereophonic, the
angle ¢ — to be ascertai ned manual ly or by
netrol ogy — encl osed by the main axis of the

15 signal that is to be rendered stereophonic and
the sound source, the fictitious |eft opening
angle o and the fictitious right opening angle

B.

FIG 12A shows a circuit for determning the

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

FIG 12D shows a circuit equivalent to FIG 8D,
based on the equations (3AAA) and (4AAA)

25 hereafter and which according to the invention
has been extended by the paraneter s.

FI G 13A shows a fifth enbodi mrent of a device
or of a nmethod according to WO2011/ 009649 with
acircuit that is equivalent to FIG 4A having

30 a slightly nodified M5 matri x, which renders
superfluous a direct downstream connection of
panor am ¢ potentioneters.



45 r(t), as the sum of the transfer functions *[1(t)] = [1(t)/A/ 2] * (-1 + i) and g*[r(t)] = [r(t)/A/ 2] * (1 + 1)
on the complex number plane. 5FIG.11D shows a%i cuit equivalent to FIG. 8D, based on the
equations (3AA) and (4AA) hereafter and which actording to the invention has been extended by the
parameter s. FIG.11F shows the total possible parameter 10combinations for the parameter f (resp. n)
which describe the directional pattern of the signal that is to be rendered stereophonic, the angle y - to
be ascertained manually or by metrology - enclosed by the main axis of the 15signal that is to be

rendered stereophonic a n fictiti I ' d theg fictitious right
opening angle R. FIG.lZ,%\gse}?c?\lNéswa c(lgr(ﬁ:gi%g?tﬁg;rﬁiﬁﬁ]P?th%fEZ%ﬁggﬁlng%%eoF tlflg sigf%égl\, whose inputs

can be connected to the BUIRRIBAFRS CIA IS, 1@ tHEuhOMEEE 18 1. FX8.12D shows a circuit
equivalent to FIG. 8D, bgsadaretherecuations (3AAA) and (4AAA) 25hereafter and which according to
the invention has been extended by the parameter s. FIG.13A shows a fifth embodiment of a device or

of a method according tolg{vgzgﬂ/oosgﬁg\%s Wigh %i%i(r{:wt éh t(i)sdleﬂ%ip]/%llegg tanI e.VAIIAé Qaving

5 or of a nmethod according to WO2011/ 009649 with
acircuit that is equivalent to FIG 5A having
a slightly nodified M5 matri x, which renders
superfluous a direct downstream connection of
panor am ¢ potentioneters.

10 FI G 14D shows the ciruit according to FIG 14A
ext ended according to the invention by the
paraneter s.

FI G 15D shows the exanple, henceforth extended
according to the invention by the paraneter s,

15 of a circuit for two logic elenents for
normal i zing the |l evel and for normalizing the
degree of correlation of the output signals
froma stereo decoder (for exanple a stereo
decoder according to WX009/ 138205 or

20 EP1850639), wherein the input signal Mand S
can (before passing through an anplifier
upstreamto the Ms matrix) optionally be fed to
a circuit according to FIG 7B, which is
optionally al so connected downstreamto FIG

25 10B.

FI G 16D shows an exanpl e, henceforth extended
according to the invention by the paraneter s,
of the circuit described below for optim zing
pseudost er eophoni ¢ signals on the basis of

30 al gebraic invariants, which can be directly
connected downstream of FIG 5B, and wi th which
it then constitutes in this exanple an
i nseparable unit. In this case, the outputs of
FIG 16D within the entire circuit schema are



30a slightly modified MS matrix, which renders superfluous a direct downstream connection of
panoramic potentiometers. 46 FIG.13D shows the ¢jruit according to FIG. 13A extended according to
the invention by the parameter s. FIG.14A shows zflL ixth embodiment of a device 5or of a method
according to W020114009649 with a circuit that is equivalent to FIG. 5A having a slightly modified MS
matrix, which renders superfluous a direct downstream connection of panoramic potentiometers.
10FIG.14D shows the ciruit according to FIG. 14A extended according to the invention by the

parameter s. FIG.15D ShPES"Stheteré‘H}pé?j- tﬁp@{{gw gx%g.eggcpgrc@%fd\&grigvention by the

parameter s, 150f a circuit for two logic elements for normalizing the level a r normalizing the

degree of correlation of th8 @8R isidrlai frof a Shfebebitr @ SldpldePsdAs decoder
according to W020094138205eadrf20EP 18506 30) aviedremetiesnpotsigiedled amos$ caarfbefore

passing through an amplifie Upseamdoibg, Mya SaadHx) PRt Yy s fedite aggikeyit according to FIG.
7B, whichﬁis optionally also connected dowhr@ream to FIG. 2510B. FIG.16D shows an example,

henceforth extended accﬁﬁﬁﬁé %‘ﬁ]eoiﬁwvg r?b? 'ti%‘sétsamet PsI &6 teifcdit Bscribed below for
optimizing pseudostereopRénitisifraldan ae basis B0amebrait invaridhts Swliehtda@ be directly

basi s of the nean values of the intersection
points in the 1% or also 3'% quadrant of these
signal sections mapped on the conpl ex nunber

10 pl ane with the plane spanned by the vectors (1,
1, -2) and (1, 1, 1) or also (-1, -1, 2) and
(1, 1, 1).

FIG 17D shows the first sinplification,
ext ended according to the invention by the

15 paranmeter s, of a circuit according to
WO2009/ 138205 for uniformtine differences L',
= L’ B

FI G 18D shows a further sinplification,
ext ended according to the invention by the

20 paraneter s, of a circuit according to
WO2009/ 138205 for uniformtine differences L',
= L’ B

FIG 19D shows the sinplified first variant
enbodi nent, extended according to the invention

25 by the paraneter s, of the circuit of FIG 6D
according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L’ .

FI G 20D shows the second variant enbodi nent,
ext ended according to the invention by the

30 paraneter s and further sinplified by
integrating the paraneter A, of the circuit of
FIG 6D according to WO2009/ 138205 resp
W02011/ 009649 for uniformtinme differences L',
=L



connected downstream of FIG. 5B, and with which it then constitutes in this example an inseparable
unit. In this case, the outputs of FIG. 16D within thg entire circuit schema are 47 to be treated in such a
way as if they were those of FIG. 5B. The circuit o éIG 16D has the effect that the elements
connected upstream thereto are now passed through for different 5sections of audio signals. The
result is an optimized parameterization p, f, a, p, s on the basis of the mean values of the intersection
points in the 1St or also 3rd quadrant of these signal sections mapped on the complex number

10plane with the plane Sﬁf@l?élﬁy tt%e]ge\%t sng. ;ecﬁn S pegltsgdnl -1, 2) and (1,1,1).

FIG.17D shows the first sim ation, exten ed accor |nvent|on the 15parameter s, of a
circuit according to WOZ@@/?@@% 1%9%7f9+rﬂ9|rﬁé3d|ffd%?eﬁdé\é%é '-q_nlﬁyFI@‘ESD shows a further
simplification, extended guaoating ¢o the inoEntitre by ithe ADpa@neeteds nof d oircuit according to

W02009/138205 for unlfqm@@g/dﬁ%@@gee &2 o ¥ 119 shews gpeeﬁlggglfled first variant
embodiment, extended according /%%%%22 b%the arameter s, of the circyit of FIG. 6D
according’to W02009/1382 li»es&£ %€l§ oM GniRFRATRE Hlifferdh€ed P28 . FIG.20D

shows the second varians @baglirheht, exesnded@ce st dingtd thi) invent®nbypthd) 3epdrameter s and
further simplified by integjatingithe parameter k, of the circuit of FIG. 6D according to W02009/138205
resp. W02011/009649 for uniform time differences L'a

FI G 22D shows a further sinplification
ext ended according to the invention by the

10 paraneter s, of the circuit according to
W0O2009/ 138205 for uniformtinme differences L',
= L. For EP1850639, the paraneters are to be
set as follows: f(gp)=fla) = f(B)=1, sin ¢=0, sin
a=sin p =1

15 FI G 23D shows the sinplified first variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 3D
according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L' 3. For

20 EP1850639, the paraneters are to be set as
follows: f(@)=f(a) = f(P)=1, sin ¢=0,sin a=
sin B =1.

FI G 24D shows the second variant enbodi nent,
ext ended according to the invention by the
25 paraneter s and further sinplified by
integrating the paraneter A, of the circuit of
FI G 3D according to WO2009/ 138205 resp
W02011/ 009649 for uniformtinme differences L',
= L. For EP1850639, the paraneters are to be
30 set as follows: f(gp)=fla) = f(B)=1, sin ¢=0, sin
a=sin B =1

FI G 25D shows the third sinplification,
ext ended according to the invention by the
paraneter s, of a circuit according to



= 48 FIG.21D shows the second simplification, extended according to the invention by the parameter
s, of the circuit according to W02009/138205 for uniform time differences L'a 5= L'p. For EP1850639,
the parameters are to be set as follows: f(p)=f(a) = %13):1, sin p=0, sin a = sin p =1. FIG.22D shows a
further simplification, extended according to the invention by the 10parameter s, of the circuit
according to W02009/138205 for uniform time differences L'a = L'p. For EP1850639, the parameters
are to be set as follows: f(p)=f(a) = f(13)=1, sin p=0, sin a = sin p =1. 15FIG.23D shows the simplified

first variant embodiment, @?ﬂ?%@%‘é&ginﬁ ptt%) -iqv pr-%ha-pﬂr L Ss o[the circuit of FIG.
3D according to W02009\§?8,20 resp. 020%1/0 %64§'?or ur|1i orm {ime%mgerences L*a = L'p. For
20EP1850639, the parametlerﬁ'are to be set as follows: f(p)=f(a) = f(p)=1, sin p=0, sin a = sin 3=1.
FIG.24D shows the second variant embodiment, extended according to the invention by the

25parameter s and furthet; sinphiied gﬁmg@tmgrtpﬁ@ar@qnﬁfgrilﬁg ofthe g’H:,uit of FIG. 3D according
to W02009/138205 resp. WOZP%l/ 09649 foy. uniform tirBe differences L'a = L'ﬁh_elior EP1850639, the

parametegs are to be 30t EEHf é‘_“f&ﬁ& hf‘gffl%)j—" ,esihrb\é%%fnoé‘:@n

paraneter s, of a circuit according to
WO2009/ 138205 for uniformtine differences L',
= L’ B

FIG 27D shows the sinplified first variant
enbodi nent, extended according to the invention

10 by the paraneter s, of the circuit of FIG 4D
according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L' 3. For
EP1850639, the paraneters are to be set as
follows: f(@)=f(a) = f(P)=1, sin ¢=0,sin a=

15 sin B =1.

FI G 28D shows the second variant enbodi nent,
ext ended according to the invention by the
paranmeter s and further sinplified by
integrating the paraneter A, of the circuit of
20 FI G 4D according to WO2009/ 138205 resp
W02011/ 009649 for uniformtine differences L',
= L. For EP1850639, the paraneters are to be
set as follows: f(gp)=fla) = f(B)=1, sin ¢=0, sin
a=sin p =1

25 FIGEL shows a circuit which is equivalent to
FIG 3Aresp. FIG 6A provided that the
relation A = p applies for the inversely
proportional attenuations A and p of the
panor am c potentioneters shown in FIG 3A

30 FIGE2 shows a circuit which is equivalent to
FIG 3Aresp. FIG 6A provided that the
relation A = p applies for the inversely



FIG.25D shows the third simplification, extended according to the invention by the parameter s, of a
circuit according to 49 W02009/138205 for unlforr;gélme differences L'a = L'13. FIG.26D shows a
further simplification, extended according to the invention by the S5parameter s, of a circuit according to
W02009/138205 for uniform time differences L'a = L'13. FIG.27D shows the simplified first variant
embodiment, extended according to the invention 10by the parameter s, of the circuit of FIG. 4D
according to W02009/138205 resp. W02011/009649 for uniform time differences L'a=L'p. For

EP1850639, the parameﬁgg\ﬁbe qlge] Pt ag {%Wbﬂv&t n(g%gf(ek) -8 sin a = 15sin 3=1.

FIG.28D shows the seco riant em odlment exte accor 5to the Invention by the parameter

s and further simplified by #RHATING tH@tp‘;a?ér‘rtng?tkebﬁttﬁeh&mjlt' dt JoF¥s. 2B according to
W02009/138205 resp. W02011/009649 for uniform time differences L'a = L'p. For EP1850639, the

parameters are to t_)e setgsdofaws: KRk 7 €13)zdi siniiiG sin @ —e?jﬂlF\raJr emFlegE1shows a
circuit which is equivalen Lo FIG. 3A re(‘jPY)'FIG 6A rowrch ed th the relatjon k = p applies for the

inversely proportional att LS%'[IOAH% k Bh &qﬂetp Bra[ e doef f?t dr&tets ShBwn in FIG. 3A.
30FIG.E25hows a circuit@ith &SeduivalbReto FIGE 39etaspd FIPOBA | o@ided that the relation k = p

applies for the inversely at t enuati ons A and p of the panoramic
potenti ometers shown in FIG 4A

FIGE4 shows a circuit equivalent to FIG 4A
according to the equations (3AA) and (4AA),

10 provi ded that the relation A = p applies for
the inversely proportional attenuations A and p
of the panoram c potentioneters shown in FIG
4A.

FIGES5 shows a circuit equivalent to FIG 4A

15 according to the equations (3AAA) and (4AAA),
provi ded that the relation A = p applies for
the inversely proportional attenuations A and p
of the panoram c potentioneters shown in FIG
4A.

20 FIGE6 shows a circuit equivalent to FIG 5A,
provi ded that the relation A = p applies for
the inversely proportional attenuations A and p
of the panoram c potentioneters shown in FIG
5A.

25 FIGE7 shows a circuit equivalent to FIG 5A
according to the equations (3AA) and (4AA),
provi ded that the relation A = p applies for
the inversely proportional attenuations A and p
of the panoram c potentioneters shown in FIG

30 5A.

FIGE8 shows a circuit equivalent to FIG 5A
according to the equations (3AAA) and (4AAA),



50 proportional attenuations k and p of the panoramic potentiometers shown in FIG. 3A. FIG.E3shows
a circuit which is equivalent to FIG. 4A, provided that the relation k = p 5applies for the inversely
proportional attenuations k and p of the panorami::%otentiometers shown in FIG. 4A. FIG.E4shows a
circuit equivalent to FIG. 4A according to the equations (3AA) and (4AA), 10provided that the relation k
= p applies for the inversely proportional attenuations k and p of the panoramic potentiometers shown
in FIG. 4A. FIG.E5shows a circuit equivalent to FIG. 4A 15according to the equations (3AAA) and

(4AAA), provided that thepF%@'ii(ﬁEﬁ :tg]%ﬁglgqjiog g,le%’qvgﬁxe)ly prgjpggapgle%ttqwtions k and p of

the panoramic potentiometers shown in E6shows a cirCuit equivalent to FIG. 5A,

provided that the relationt '€ g AY5ife28bY i iRPErsklyRdbofidnaN Haéh @itiors BEAd D of the
panoramic potentiometersfsHona ipafAl@. &fi. @556 ditshomst & cisclahegquivalenHoG-1G. 5A according
to the equations (3AA) aigh (4AA), provided that the relation k = p applies for the inversely proportional
attenuations k and p of the panoramic potentiometers shown in FIG.

5 FIGE9 shows a new sinplified variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 6D
according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L’ .

10 FI G E10 shows a new sinplified variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 6D
according to WO2009/ 138205 resp. WO2011/ 009649

for uniformtinme differences L', = L’ .

15 FIG E11 shows a sinplified second vari ant
enbodi nent, extended according to the invention
by the paraneter s and further sinplified by
integrating the paraneter A, of the circuit of
FI G EL0 according to WX009/138205 resp

20 W02011/ 009649 for uniformtinme differences L',
=L

FIG E12 shows a new sinplified variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 3D
25 according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L' 3. For
EP1850639, the paraneters are to be set as
follows: f(@)=fla) = f(P)=1, sin ¢=0,sin a=
sin B =1.

30 FI G E13 shows a new sinplified variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 3D
according to WO2009/ 138205 resp. WO2011/ 009649



305A. 51 provided that the relation k = p applies for the inversely proportional attenuations k and p of
the panoramic potentiometers shown in FIG. 5A. 5 éG.EQshows a new simplified variant embodiment,
extended according to the invention by the parametér s, of the circuit of FIG. 6D according to
W02009/138205 resp. W02011/009649 for uniform time differences L'a = L'p. 10FIG.E10 shows a new
simplified variant embodiment, extended according to the invention by the parameter s, of the circuit of
FIG. 6D according to W02009/138205 resp. W02011/009649 for uniform time differences L'a = L'p.

15FIG.EIll shows a simplifigg ﬁﬁggiq)ymi@@t@n%&cﬂip’@p&n@ggni&d aé:icgrdingﬁ}éhe invention by the

parameter s and further simg élnte rating the parameterof the rcuit of EIO according to

W02009/138205 resp. 2668896289648 SoMifim! fihe diftehQeLEaSeEIGEL2 shows a new
simplified variant embodihwrtpewtentiéd peddrding to (tRe-inkension by thé mErameter s, of the circuit of
FIG. 3D 25according to \ypgogggg_szos resp. W02011/009649 for uniform time differences L'a = L'p.
For EP1850639, the parameters are to be set as follows: f(p)=f(a) = f(p)=1, sin p=0, sin a = sin p =1.
30FIG.E13 shows a new simplified variant embodiment, extended according to the invention by the
parameteb s, of the circuit bEE.43D sitevRlity fEWOD00AIE8 205hedp Maiu2011/009649

ext ended according to the invention by the
paranmeter s and further sinplified by
integrating the paraneter A, of the circuit of
FI G 3D according to WO2009/ 138205 resp

10 W02011/ 009649 for uniformtinme differences L',
= L. For EP1850639, the paraneters are to be
set as follows: f(gp)=fla) = f(B)=1, sin ¢=0, sin
a=sin p =1

FIG E15 shows a new sinplified variant

15 enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 4D
according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L' 3. For
EP1850639, the paraneters are to be set as

20 follows: f(@)=f(a) = f(P)=1, sin ¢=0,sin a=
sin B =1.

FIG E16 shows a new sinplified variant
enbodi nent, extended according to the invention
by the paraneter s, of the circuit of FIG 4D
25 according to WO2009/ 138205 resp. WO2011/ 009649
for uniformtinme differences L', = L' 3. For
EP1850639, the paraneters are to be set as
follows: f(@)=fla) = f(P)=1, sin ¢=0,sin a=
sin B =1.

30 FI G E17 shows a new variant enbodi nent,
ext ended according to the invention by the
paraneter s and further sinplified by
integrating the paraneter A, of the circuit of
FI G 4D according to WO2009/ 138205 resp.



52 for uniform time differences L'a = L'p. For EP1850639, the parameters are to be set as follows:
f(p)=f(a) = f(p)=1, sin p=0, sin a = sin p =1. 5FIG.E14 shows a new variant embodiment, extended
according to the invention by the parameter s and further simplified by integrating the parameter 2C, of
the circuit of FIG. 3D according to W02009/138205 resp. 10W02011/009649 for uniform time
differences L'a = L'p. For EP1850639, the parameters are to be set as follows: f(p)=f(a) = f(13)=1, sin
p=0, sin a = sin p =1. FIG.E15 shows a new simplified variant 15embodiment, extended according to

the invention by the paraw%%r S/ 3595% &gcwéﬁfj ﬁﬁ fﬁﬁg %?31%&39 | @Qﬂg/él§8@05 resp.

W02011/009649 for uniform time erences e arameters are to be set

as 20follows: f(p)=f(a) = ffp)=18sifF %Lo@ﬁ%ﬁogﬁfys ikﬁ@éﬁé@ﬁbﬁfssa ﬁé\ﬁ difiphfed variant
embodiment, extended asebrdirsy foothleamge ntidng) y-ti{exparamepar=s] of shencigcaid oBkFIG. 4D
25according to W02009/1382Q5 fesp-\}02011/009649 for uniform time differences L'a = L'p. For
EP1850639, the parameters are to be set as follows: f(p)=f(a) = f(p)=1, sin p=0, sin a = sin p =1.
30FIG.E17 shows a new variant embodiment, extended according to the invention by the parameter s
and furthér simplified by Peégratirg titke pardnpétePRC, of the circuit of FIG. 4D according to
W02009/138205 resp. 53
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.

10 phase differences or are reverberated appropriately

Such decorrel ated signals can firstly be
generated by differently positioned sound transducer
systens, the signals fromwhich are optionally post-
processed, or can be generated by neans of so-called

15 pseudost er eophoni ¢ techni ques, which — on the basis of
a nmono signal — produce such suitable decorrelation.

Herei nafter, the contents of WO2011/ 009649 wi | |
be reproduced in full for a better understanding of the
foll ow ng exanpl es of application of the present

20 invention:

Some pseudost er eophoni ¢ signals show i ncreased
“phasi ness”, that is to say distinctly perceptible tine
di fferences between both channels. Frequently, the
degree of correlation between both channels also is too

25 low (lack of conpatibility) or too high (undesirable

convergence towards a nono sound). Pseudost ereophonic
signals, but also stereophonic signals, may therefore
show defici encies due to | acki ng or excessive
decorrel ati ons between the emtted signals.

30 It is thus an aimof WR011/ 009649 to sol ve
this problemand to align or inversely to differentiate



W02011/009649 for uniform time differences L'a = L'p. For EP1850639, the parameters are to be set
as follows: f(p)=f(a) = f(13)=1, sin p=0, sin a = sin %/:1. Detailed description It is general
knowledge that audio signals that are emitted via t % or more loudspeakers provide the listener with a
spatial impression, provided that they show different amplitudes, frequencies, time resp. 10 phase
differences or are reverberated appropriately Such decorrelated signals can firstly be generated
by differently positioned sound transducer systems, the signals from which are optionally

post-processeg?%cg@ PSr@r}?r thPé’d’ﬂﬁﬂﬁ? 8f (grqégl%}ﬁ seudostereophonic techniques, which
0 ignaf - itable

- on the basis of a mono s produce 'such suit ecorrefation. Hereinafter, the contents
of W02011/0088&Y 93 b8 TEFRIIREEG In RilGBRADetter understanding of the following examples of
application of the present 20 invention: Some pseudostereophonic signals show increased

"phasiness”, that is to say distiicty, gerreptinleting qiffﬁ;pgg%s ba@\@@,nal?gh channels. Frequently,

the degree of correlation between both channels alag is tog 25 low (lack of compatibility) or too high

(undesirable ctbh%‘ﬁg@ntce t%gyo%rz.i N éloed[?{d?. §&Jo§)ts?ér888 8&5%@{5 , but also stereophonic
signals, nday théefslessreieasliviensieadde @ dkir®) 6r excessive decorrelations between the
emitted signals. 54 more strongly stereophonic (including pseudostereophonic) signals. Itis

another aim to improve, 9%”%%1?/‘ %%ﬁ?\g%%gtr Prggrjgﬁﬁte&%pg%ﬁ“g%&iﬂter alia by means

pseudostereophonic audio signals. n 0 ese problems are solve
of the ostensibIPuBbrattaie ROWRABANPE R tIBR IS RShIH Of atiP pSfentiaRie®er in a device for
pseudostereo ¢domwnstisiara hOPannernicotentieneiens (asd calest pan poteeter in a

devi ce for pseudostereo conversion.

10 Panoram ¢ potentioneters (also called pan pots
or panoram c controls or panoram c dials) are known per
se and are used for intensity stereophonic signals,

i.e. for stereo signals that differ exclusively in
terms of their levels but not in ternms of timng resp.

15 phase differences or different frequency spectra. The
circuit principle of a known panoram c potentioneter 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

20 channel) and R (right audio channel). In the center
position (M, both buses receive the sanme |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 intermnmedi ate positions,

25 a panoram c potentioneter produces |evel differences
corresponding to the different positions of the phantom
source on the | oudspeaker base.

FIG 2A shows the attenuation curve for the
| eft channel and the right channel of a panoramc
30 potentioneter without an extended stereo w dth range,
and correspondi ng mappi ng angles. In the center
position, the attenuation in each channel is 3 dB, the
acoustic convol ution thereby produci ng the sane



or panoramic controls or panoramic dials) are known per se and are used for intensity stereophonic
signals, i.e. for stereo signals that differ exclusivel g terms of their levels but not in terms of timing
resp. 15 phase differences or different frequency s 3{?) ctra. The circuit principle of a known panoramic
potentiometer 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 20 channel) and R
(right audio channel). In the center position (M), both buses receive the same level; in the side

positions to th éef&érl}) a}r%to tpe\}'[ﬂhﬁﬁ%) é% Maalsggu ed ?ng% t%ieét QHﬁ e right bus,

respectively rmedlate positions a panoramic potentiometer produce dlfferences
correspondingt6aRB &ifidrBnt B&lﬁoﬁg oﬁh@%aﬁﬁ@rﬂ ‘source on the loudspeaker base FIG.

2A shows the attenuation curve for the left channel and the right channel of a panoramic 30

potentiometer without anpexteded 3tefrA Wiith FRRYe rANdETegRoading r\p@pp@g@ngles In the

center position,.the §ttenu tlon in each channel js 3 dB, the aczlustlc convolution t reby producing

the same 55 [SiérY:le §5r7 of Q1ufeeIPWoul oobéjﬁ ér’etw&% b §o|n$ dhah gﬂﬂ%e "or R position.
Panoramiz poterdiohfeee@ire bt astvadhhge tdlidarstior &amplesuldistiiguteaht left channel in a

giffere)nt seleﬁ;abﬁeuetipé@@edquglgﬁngdﬁftmy{thpqttrﬁgg fim?ﬁm@ (meéeagtgguts are aIsg called
uses) or, in the to.\distribute t in a different, selecta tio to the same
e \%@% F 1%)%[[1%ere e mc{hgca{se e??ﬁ F 2

left output resp.. n%‘rii e sarhe buses |ntenS| y stereophonic
signals, the infdg@ |dﬂjﬂéle§‘rﬁ‘§b ratrotved éﬁ&[@&lrec&@n%ts%kh%ldr?dlé @ah DeldMited. In the

case of pseudeaiaeed)m"ictnl@algpats g makgmsedlfttmmg fesre phase difesesyes, 15 different
frequen%speeﬁgpéfrsy%rbe |,](é@mg£%1 glrthp @ergpél %85?%‘*‘ kind in general),
oca

such narrowing of the |ma%re WI resp. s |ft|ng of ation djrection are not possible by using a
panoramic poteh88/leter. THE dp@ﬁ@é’tld’l"l narrowed and the

di rection of such S|gnals can be shifted.

In the case of pseudostereophonic signals,
whi ch nake use of timng resp. phase differences,

15 different frequency spectra or reverberation (and al so
in the case of stereo signals of such kind in general),
such narrowi ng of the inage width resp. shifting of the
| ocalisation direction are not possible by using a
panor am ¢ potentioneter. The application of panoramc

20 potentioneters to such signals is therefore
del i berately abstained from

However, as represented in WR2011/009649 it has
been observed that the previously unknown downstream
connection of a panoram c potentioneter downstreamto a

25 circuit for pseudostereo conversion affords unexpected
advant ages. Al though such downstream connecti on cannot
result in the aforenmentioned narrowi ng of the inmage
width or in the shifting of the I ocalisation direction
of the stereo signals obtained, the degree of

30 correlation between the left signal and the right
signal can however be increased or al so decreased in
this way by using such a panoram c potentioneter.

In a preferred enbodi nent, a panoram c
potenti ometer is connected downstreamrespectively to



20 potentiometers to such signals is therefore deliberately abstained from. However, as
represented in W02011/009649 it has been obserée that the previously unknown downstream
connection of a panoramic potentiometer downstr to a 25 circuit for pseudostereo conversion
affords unexpected advantages. Although such downstream connection cannot result in the
aforementioned narrowing of the image width or in the shifting of the localisation direction of the stereo
signals obtained, the degree of 30 correlation between the left signal and the right signal can however

be increased gralsp deer e@&?gd‘? iR 8Py H%”giib‘gi‘ ARAMURM Prigat 'i“reégg- t” a preferred

embodiment, a panoramic potentiometer Is connected” downstream respectively to e left output

and to the rigHt FutRRIARHE BYcd 17 DBEAShE LHRIYYsterebBRGhic sighdiNhghis case, the buses
of both panoramisqottmerbetees ad piedefabpyaunsedaco e cpedlg mindgrefezalklydr identically. In

this arrangem%rptep@pla@p}po[?ggig gp&@q\tm@t\%hﬁm gﬂdngyteqrg} Y] gutputs. The input of a first

panoramig potentiometerI IE connected to a first output of the circuit, and the input of a second 10
panorami pofeﬂ'ﬁBHe?é”} i5¥onnected to a second output of this circuit. The first output of the first
panoramic potentiometer is connected to the first output of the second panoramic potentiometer. The

second output of the first|ganoriaRicapetgntemetar is dacwnpasieddaitae second output of the second
panoramic potentiometer, Alternatively and equivalently, rather thanusin noramic
potentiometerﬁot{‘%rr‘ﬁe!g;(r)(g(‘a3 toF (r:orrr]e %tigh ciﬁ@ spo éﬁ%\ﬁ}us ec? H;i/‘ B&{n&g ar?:r@? 2%%%%“ for
pseudostereo decadihgith RaRtE8HeeoRet 8Rd bAERRSIfick SoRAGEEA ILRdreanfof the stereo

decoder for amplifgingar input signahef tbersteriep, desadet, Hbisibging aoliewed #sthndt panoramic
potentioqpter /3R G A TERE PLihe BR Fecalaprieion b g rolgipbe Implemented

with fewer components. \ternatively and equivalently, rather than using a panoramic
potentiometer Otheldigie& 'of EHirbtatibR ©ah'diSs b8YARHE B9 udiflf aldetdhd

panoram ¢ potentioneter is connected to the first

out put of the second panoranic potentioneter. The

second output of the first panoram c potentioneter is
15 connected to the second out put of the second panoram c

pot enti onet er.

Al ternatively and equival ently, rather than
usi ng panoram c potentioneters, the degree of
correlation can also be adjusted by using a first

20 circuit for pseudostereo 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 achi eved w thout panoram c
potenti ometer. An equival ent adjustnent of the degree

25 of correlation can therefore be inplenented with fewer
conponent s.

Al ternatively and equival ently, rather than
usi ng a panoram c potentioneter, the degree of
correlation can also be varied by using a second

30 circuit, this being achieved with a nodified stereo
decoder which contains an adder and a subtractor in
order to add respectively subtract input signals (M
S), which are respectively anplified by predeterm ned
factors, in order to generate signals which are

35 identical to the bus signals fromthe panoramc



30 circuit, this being achieved with a modified stereo decoder which contains an adder and a
subtractor in order to add respectively subtract inps|.).1175ignals (M, S), which are respectively amplified by
predetermined factors, in order to generate signals which are 35 identical to the bus signals from the
panoramic 57 potentiometers. An equivalent adjustment of the degree of correlation can therefore be
implemented with even fewer components. The invention can also be applied to devices or 5 methods
that generate signals which are reproduced by more than two loudspeakers (for example surround

sound system [ riog.ar : Figures 3A OW, Various jments of the
circuit principl? gggﬁt%e abQ%:/r?asjpin évrﬁic qg Il\(l)agaér%llrarégj gé?eﬁﬁﬁnqeﬁr glﬁé]an ?%53411 and 412,
511 and 512, Rispeefivél) 3k (cBAnSARdIdHLRY AbRnBEe LA TBEL&Sb ¥hAVerS&¥ABircuit 309, 409
resp. 509. In daetvaaxaowpipshewnshere, the pseudo conversion circuit 309, 409 resp. 509 comprises a
circuit having an MS 15 matrix 310, 410 resp. 510, as described in W02009/138205 as well as in

EP1850639. This gggegramic otentiometer 311 and 312, 411 gnd 412, 511 and 512 can be
used to increase or decr IRV 8'dr GBfleAtich o?%é”‘%@u'ltﬁl% 36b ©%'1°564,%04, 504 and R

305, 405,505MRttwrdmgiyabe ggnetiairel si 30! 202500y el eHbcesl Y303, 403, 503
resulting from ghe gtere@deco@ing datieprassdisthrewgh BiaMs Badin eée fRA €aetp a panoramic
potentiometer {Qr GOllSCkely §R5MRYSE3 L e prior art).

Fi gures 3A to 5A show vari ous enbodi ments of

the circuit principle described above, in which a

10 panoram c potentioneter 311 and 312, 411 and 412, 511
and 512, respectively, is connected directly downstream
to a pseudo conversion circuit 309, 409 resp. 509. In
each exanpl e shown here, the pseudo conversion circuit
309, 409 resp. 509 conprises a circuit having an M5

15 matrix 310, 410 resp. 510, as described in
WO2009/ 138205 as well as in EP1850639.

Thi s panoram c potentioneter 311 and 312, 411
and 412, 511 and 512 can be used to increase or
decrease the degree of correlation of the resulting

20 buses L 304, 404, 504 and R 305, 405, 505. Accordingly,
the left channel L' 302, 402, 502 and the right channe
R 303, 403, 503 resulting fromthe stereo decodi ng
(after passing through the Ms matrix) are fed each to a
panor am c potentioneter for collectively used buses L
25 and R

If the attenuation A for the left input signal

L’ of the panoram c potentioneter 311, 411 or 511 and
the attenuation p for the right input signal R of the
panor am ¢ potentioneter 312, 412, 512 for a stereo

30 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 proportiona
rel ations



25 and R. If the attenuation k for the left input signal L' of the panoramic potentiometer 311, 411
or 511 and the attenuation p for the right input signal R' of the panoramic potentiometer 312, 412, 512
for a stereo 30signal 302 and 303, 402 and 403, 502 and 503 resulting from a device 309, 409 or 509
is limited to the range between 0 and 3 dB, the inversely proportional relations 1 >>0and 1p0 may
be introduced (where 1 corresponds to the value 0 5 dB and O corresponds to the value 3 dB).
A, and p therefore correspond to the inversely proportional attenuations of the panoramic
potentiometers shown in FIG. 3A toIG. 5A, limited to the range between 0 and 3 dB. 10Therefore,
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 potntometer 311, 411, 511 and the 15output signals L™ 315, 415, 515 and R™ 316, 416,
516 from the panoramic potentiometer 312, 412, 512: (1A) L=+ L™ =1/2*1 + 2')) + 1/2 *(1 - p) and
—— * ' *
RA)R=+=1/2*1-2") +11/22 p(12+ 8)

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

L and p therefore correspond to the inversely
proportional attenuations of the panoramc
potentiometers shown in FIG 3Ato FIG 5A I|imted to
t he range between 0 and 3 dB.

10 Therefore, the follow ng relations are obtai ned
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

15 output signals L’’’ 315, 415, 515 and R’'’ 316, 416,
516 fromthe panoram c potentioneter 312, 412, 512:

(1A L=L" +L

B* L (L+2A) +%*R (1- p)

and

(2A) R=R’ + R’

B* L (1- 4 +%*R (1+p

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

L' = (M+S) * 1/ 2

and



20Figure 6A shows a further embodiment with a circuit equivalent to FIG. 3A having a slightly modified
MS matrix, which renders direct downstream conn tion of panoramic potentiometers superfluous.
Taking into account the equivalences of the stereo 5 decoding (MS matrixing) L' = (M + S) * 14A/ 2
59 R'=(M - S) * 14A/ 2 the following relations are obtained: (1A)L = [M (2 + k - p) + S+ p)] * 142A/ 2
(RAR=[M (2 -k +p)-S+p)] *142A/ 2 This allows the signals on the buses L and R to be also
derived directly from the input signals M and S of the stereo decoding circuit. If= p (same attenuation
in the left channel anq-\;n the ht cgz]—\nmelhhtl‘\ye oIIowmg relations 10apply: (3A)L =(M+k*S)*
14A/2 (AAR=(M-k*S) * 14A/ e variation in the amplitude of the signal S is equivalent
to the downstream connection of 15 a respective panoramic potentiometer for identical attenuation in
the left channé¢ltendf ialthewighyciharadli Onderatheselasaumpdons, the output signals L and R
correspond to the bus signals L and R in FIG. 3A.

(1A) L =[M(2+Ax-p) +S(L+p)] * 1242
(20) R=[M(2-A+p) - S(rL+p)] * 1242
5 This allows the signals on the buses L and R to

be al so derived directly fromthe input signals Mand S
of the stereo decoding circuit.

If X = p (sane attenuation in the |eft channel
and in the right channel), the follow ng relations

10 apply:

(3A) L =(M+2Ar* 098 * 1/2

(4A) R=(M- A * S * 1/V2

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

This will therefore yield a circuit or a nethod
20 showing for exanple the formin FIG 6A (trivial
nodi fications being possible), which forns a conposite
signal fromthe Msignal, anplified by the factor (2 +
A - p), and the S signal, anplified by the factor (A +
p), as well as a difference signal which is conpiled
25 fromthe Msignal, anplified by the factor (2 - A + p),
mnus the S signal, anplified by the factor (A + p),
with correction by the factor 1/2V22 needing to be
performed overall in order to obtain signals L and R
equi valent to the fornmulae (1A) and (2B).



This will therefore yield a circuit or a method 20 showing for example the form in FIG. 6A (trivial
modifications being possible), which forms a comp§§|te signal from the M signal, amplified by the
factor (2 + - p), and the S signal, amplified by thetactor (k + p), as well as a difference signal which is
compiled 25 from the M signal, amplified by the factor (2 -+ p), minus the S signal, amplified by the
factor (k + p), with correction by the factor 1422 needing to be performed overall in order to obtain
signals L and R equivalent to the formulae (1A) and (2B). 60 FIG. 7A shows a circuit equivalent

to FIG. 3A resp. FIG. 6A Fﬁ)r&wdﬂg tgﬁbmg rglaéliopdéul-t p@@ghg%%ﬁ h|s % %gportlonal

attenuations A, and p of the panoramic potentiometers sh II’CUIt should not be

confused with't68 BrrahbSmeRfknBRA e thib Rty diBRdpRbAY (RIS ﬁﬁlcrobh%HQ t&&ique) for
altering the pidkup ¢rhepearturerasigley(vhiopdoes ooatakat place bheredsn thisrodsg, ivfis assumed that

uniform 10 attglwéatt%hfgf RFRRO gt@mqr%rmg gqtgnggr@\%arﬁ r(,pr BiqslifiethMSradrix, as just
illustrated, is freqruentli/ su ﬁCIE for Ievallln &q iffere tlatl reo s?nals WhenA = p, the device

just |IIustr§ted9 mi) R4 BnIRE &3Hov g(éf\ fé‘agfm) according to:
(BAIL = (M + Kengyw 17A0 I (UAGR BS(M ykStS)r*epmpmy ( NSNﬁbhr@Qhinalent to a simple

amplitude corregtian ot Stsignaal(tfi AGSteR apiarrpiiude capeetiar BrdgSesignal

(whi ch does not take place herel!).

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

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

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

(3A) L =(M+2Ar* 098 * 1/2

(4A) R=(M- A * S) * 1/V2
which is equivalent to a sinple anplitude
correction of the S signal (717).

20 Such an anplitude correction for the S signa
has been known to date only for the classical M
m crophone technique and in the ideal range results in
the alteration of the pickup or aperture angle in that
case, which does not take place here. A transfer of the

25 same operating principle is not possible (and an
application of the M5 m crophone technique to the
present circuit is accordingly not obvious).

In FIG 7A the S signal is therefore
additionally anplified by the factor » (1 =2 A = 0)
30 prior to finally passing through the M5 matri x. The
resulting stereo signal is equivalent to the bus
signals 304 and 305 in FIG 3A, 404 and 405 in FIG 4A



has been known to date only for the classical MS microphone technique and in the ideal range results
in the alteration of the pickup or aperture angle in that case, which does not take place here. A transfer
of the 25 same operating principle is not possible (% d an application of the MS microphone technique
to the present circuit is accordingly not obvious). In FIG. 7A, the S signal is therefore additionally
amplified by the factor A, (10) 30 prior to finally passing through the MS matrix. The resulting stereo
signal is equivalent to the bus signals 304 and 305 in FIG. 3A, 404 and 405 in FIG. 4A 61 and 504

and 505 in Fl%n%A ggﬂr’gfﬁam?qj?qu'qtigp ndgag\sq g)rtq?nq)qtgp igprfllglnasgg iF%' Iélﬁ;d 6A, provided
that A, = p is true in that case. In practice, this circuit resp. method can be 5 used to exactly stipulate
the degree of 86#81ati8n tine tl%\g%ta Gt AindtioRaPrefatdhshlifbefdenrh@4tftation A, and
the degree of tbraelation rpforsvhichiédeatlytthak rcadg. 10is true. For k, a series of experiments has
found 0,07k0,46 to be favorable for most applications. In particular, artifacts (such as disturbing 15

timing differences, phase shifts, or the Iike& an be eliminated without dj icu(#ty ?/ using this device or
method, whether manual )}"orpéliBHa(fi%all Eﬁlaor(ﬁhfnqéﬂlﬂf).rﬁﬁ Rhe BELIOY tf‘f. Qq Yalence of
downstrea@m 20S&thdra@mexpgetehiodietdars vatheuifemdgeseitioh st drdprudetorrection of the S

signal by the facter A, lkkre is a direct functional relationship between
the attenuation A and the degree of correlation r, for
whi ch ideally

0,2 <r £0,7

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

0,07 <A <0,46
to be favorable for nost applications.

In particular, artifacts (such as disturbing
15 timng differences, phase shifts, or the |like) can be
elimnated without difficulty by using this device or
nmet hod, whet her manual ly or automatically
(algorithmcally).

On the basis of the equival ence of downstream
20 panoram c potentioneters with uniform attenuati on and
anplitude correction of the S signal by the factor A (1
2 A 2 0) prior to final MS matrixing, it is therefore
possi bl e to achi eve convi nci ng pseudost er eophony whi ch,
on the basis of the original nono signal, grants the
25 listener a conprehensive, albeit extrenely sinple,
post - processi ng option, while fundanental |y naintaining
the conpatibility and avoi ding disturbing artifacts.

Alternatively, the Msignal can al so be
anplified by the factor 1/A. The equations (3A) and
30 (4A) are then to be replaced by the equations



0) prior to final MS matrixing, it is therefore possible to achieve convincing pseudostereophony which,
on the basis of the original mono signal, grants the 25 listener a comprehensive, albeit extremely
simple, post-processing option, while fundamentally"maintaining the compatibility and avoiding
disturbing artifacts. Alternatively, the M signal can also be amplified by the factor 142.. The
equations (3A) and 30(4A) are then to be replaced by the equations re sp . 62 (3AA)
(2/20*L=[(1/2)*M+S]*1/A/ 2 (AAA)(1/K)*R=[(1/K)*M-S]*1/Ai 2 in order to obtain signals equivalent to

(3A) resp. (4A). FIG. 7A in/tRissase; isqt repl LY FIG & 5E3 described hereatfter is to be
replaced by FIG. E4, FIG. @%zszﬁbé;ffﬁeﬂe%ﬁo g/(la re% Iacle’(:jkg? FIG. E7. If alternatively both the

M signal as well as 10 the S signal are amplified, the relations 1"c+k'0 and A, = "c+k' result for the new
amplification faetsp1/i for the M signal and for the new amplification factor k' for the S signal. The
equations (3A) and (4A) are then to be replaced by the equations 15(3AAA)(L/T)*L=[(1/T)*M +S]*1/Ai 2

re sp - (AAAR) (WY RAQIAN PR 2 (1) s M5y 14 2

in order to obtain signals equivalent to (3A) resp.

5 (4A). FIG 7Ain this case is to be replaced by FIG
El, FIG E3 described hereafter is to be replaced by
FIG E4, FIG E6 described hereafter is to be replaced
by FIG E7.

If alternatively both the Msignal as well as
10 the S signal are amplified, the relations 1 =2 1+A' =2 0
and L = t+X result for the new anplification factor
1/tfor the Msignal and for the new anplification
factor M' for the S signal. The equations (3A) and (4A)
are then to be replaced by the equations

15 ( 3AAA) (/) *L=[(1/1)*M + X' * §*1/V 2
resp.
(4AAA) (L/ 1) *R=[(1/D)*M - X * §*1/ 2

in order to obtain signals equivalent to (3A) resp.
(4A). FIG 7A in this case is to be replaced by FIG
20 E2, FIG E3 described hereafter is to be replaced by
FIG E5, FIG E6 described hereafter is to be replaced
by FIG E8. Likew se, the new anplification factors 1/
resp. 1/t resp. ' can be used in a simlar way as the
i nversely proportional attenuations A or p for
25 optim zing pseudostereophonic signals according to
EP1850639 or WO2009/ 138205 or WO2011/ 009649 or
WO2011/ 009650 or CHO01264/10 resp. PCT/ EP2011/ 063322 or
al so according to the present application.



in order to obtain signals equivalent to (3A) resp. (4A). FIG. 7A in this case is to be replaced by FIG.
20 E2, FIG. E3 described hereafter is to be replaced by FIG. E5, FIG. E6 described hereafter is to be
replaced by FIG. E8. Likewise, the new amplificatig factors 1/k resp. 1/T resp. k' can be used in a
similar way as the inversely proportional attenuations k or p for 25 optimizing pseudostereophonic
signals according to EP1850639 or W02009/138205 or W02011/009649 or W02011/009650 or
CH01264/10 resp. PCT/EP2011/063322 or also according to the present application. 63

Overall, these devices ara/g}e kpqu (Prh%vgéerag\piae&e %%j %Fﬁ%ﬂﬁl%m L%'/fs[‘hé’ﬁg/ in the field of
professional post-processing of audio signals or else in the area of high-quality electronic consumer
goods, 5 the afAbhiks éh@%o&%i@yét%ffi&bﬁmﬁﬁngl Rof R&rrbivRlgtordxpanding the

image width: Fordhissgiptinaliomdk¢ apdibicaakusgobpri@uatt compgessian algodttses or data

reduction 10 methpdg og;l'g?aa@qllyﬁiﬁd}q_cagg}qt@@,stig f@@w%is&lc@(ﬂ%tgﬁépinq%@g maxima for the
pseudostereophonic si nafso tained Is recommended.in order to spe Fl.u evaluation thereof in
Be Wi SR ! Bokhor SENrbbl

accordance w Il??né"ll VeRtiobEPaicul ftdRst (fBP 8R r?lp}’éel‘lo o%tcing stereophonic
signals in autdmasildsn@s the subsequent narrowing or expanding of the image width of the stereo
signal obtained by using the specific variation of the degree of correlation r of the resulting stereo
signal resp. the attenuatigns k or 20 els for fouming the resuylting stereo signal). The previously
determined parameters f%Pjspr.]%S W ?ll\ér?@e(so(?ribgextﬂg%'#r'eﬁ oii]gpaﬁt%%ﬁ%f }frﬂ'gdré?é?nm that is to be
rendered stereophonic, the angle y - to be ascertained manually or by metrology - enclosed by the 25
main axis and the soundBouraehitise &igiifldusdeit openingearmgleliatarshihle figsitioas right opening angle

p can be retairrbqsq i thig ?a%ﬁﬁp?gg}agﬁs SERSE gl}%ﬂ?v\bpnlbjﬁfyql AMplitudg, correction is
necessar%, for example as per the logic element 120 in FIG. 8A, .
1 nmet hods or the analysis of characteristic features,
such as the mininma or maxi ma for the pseudostereophonic
signals obtained is recormended in order to speed up

eval uati on thereof in accordance with the inventi on.

O particular interest (for exanple for

15 reproduci ng stereophonic signals in autonobiles) is the
subsequent narrow ng or expanding of the inmage w dth of
the stereo signal obtained by using the specific
vari ation of the degree of correlation r of the
resulting stereo signal resp. the attenuations A or

20 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 ¢ — to be
ascertai ned manually or by netrology — encl osed by the

25 main axis and the sound source, the fictitious |eft
opening angle o and the fictitious right opening angle
B can be retained in this case, and it nmakes sense that
now only a final anplitude correction is necessary, for
exanple as per the logic elenment 120 in FIG 8A,

30 provided that this narrow ng or expandi ng of the inmage
width is perfornmed nanually.

If this is to be automated, series of
psychoacoustic experinents show that a constant inage



30 provided that this narrowing or expanding of the image width is performed manually. If this is to be
automated, series of psychoacoustic experiments show that a constant image 64 width for
stereophonic output signals x(t), y(t) resp. complextransfer functions thereof (5A) flx(t)] = [x(t)/A/ 2] *
(-1 +1i) (6A) gly(H)] = [y(t)/Al 2] * (1 + i) 5 is essentially dependent on the criterion (7A)0S*- cmax Re
fIx(t)] + gly(t)] < Sk+ ¢ < 1 and also on the criterion 10(8A) 0 TR-Wix(t)] + gly(t)]dt -T (where S* and E
or, respectively, U* and K need to be stipulated differently for telephone signals, for example, than for

[ di i it | [ [ itable fupcti [ (1),
music recor |r\1§satﬁcchpm%{r¥%rl(§e8 reg}gf@gﬁgﬁaﬂ%% ﬁtﬁrglq&n@ug{(ﬂoﬁz e EQP ion values x

y(t) which are dependent on e resulti gnal respectively on
the attenuatiof® T &¥sd  HoP HRE gENEIGELA T tHd RIstifting stereo signal) resp. on a 20 logic

element 120 in FIG. 8A, in accordance with an iterative operating principle which is based on

feedback. The rep(eg‘,gptqd Br[angemenk eqr ,achﬁdinglt/_bf qnh%nced as follows within the
context of an

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

5 is essentially dependent on the criterion

*

(7A) 0 <S- ¢ <max |[Re I [x(t)] + g'[y(t)] !
<S+g<1
and also on the criterion

T
10 (88) 0 < U- x < R x(t)] + gy(t)] f dt < U+«
-T

(where S* and ¢ or, respectively, U and x need to be

stipulated differently for tel ephone signals, for

exanpl e, than for nusic recordings). Accordingly, it is
15 now necessary to determne only suitable function

val ues x(t), y(t) which are dependent on the degree of

correlation r of the resulting stereo signa

respectively on the attenuations A or else p (for the

generation of the resulting stereo signal) resp. on a
20 logic element 120 in FIG 8A, in accordance with an

iterative operating principle which is based on

f eedback.

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

An out put signal resulting froman arrangenent
as shown in FIG 1A to 7Ais in this case anplified



25 arrangement for example in the form shown in FIG. 8A to 10A: An output signal resulting from an
arrangement as shown in FIG. A to 7A is in this cag amplified 65 uniformly by a factor p* (amplifiers
118, 119 in FIG. 8) such that the maximum of both™signals has a level of exactly 0 dB (normalization
on the unit circle of the complex number plane). By way of example, this is achieved by the
downstream connection of a logic element 120 which varies or corrects the gain factor of the amplifiers
118 and 119 via the feedback loops 121 and 122 until the maximum level for the left channel resp. for

the right chan@ﬁiiéi’g{(?&%% aJUftQEIE %tppp{hiémliqq gipgalﬁ)gt) )iaﬂdlf"l(@i(lm) are now fed

to a matrix in w ing respective amplifica y the factor 1/A72 (amplifiers 229, 230 in FIG.

9A), they are it THEA BB CHVES JBRNEATYBAIYN PRI SAGIRIE viidsthe 15808l paft formed from
the signal x(t),extaplified By didahsaf 22| additionalynpasengitiirough tred empfifiet231 with the gain

factor -1. Thisgl&gﬁgp‘cgg Vigldp dhe Hpgﬁ@)’ furgyowa@_@}[x@)} ér{ﬁ(t)s/, Af3)i*4-% & 20 and (6A)(J.* [y(1)]

= [y(t) / Ai2] * ectjve real and ima parts are now summed and therefore

1+. The re Inar
produce the re%aqlﬂbﬁvrggp. Yeli eag %Wf)hh%?%& gqUHF th@raPisfét fuR&idhs fk 25[x(1)] + g*y(®)].
An arrangeme@t 6B BkarhpBle Mdkethory &id Bgicoslef@nt 640%n FIG. 0@A ndvaeieet's o be connected

downstream, whichiasranigement ehgcks, doaa dmitidlve Ski-truitebldisiered dyghe user with
respecttothe121 and 122 until the maxi mumlevel for the left
channel resp. for the right channel is 0 dB.

10 In a further step, the resulting signals x(t)
(123) and y(t) (124) are now fed to a matrix in which,
following respective amplification by the factor 1/V2
(amplifiers 229, 230 in FIG 9A), they are split into a
respective identical real and inmaginary part, with the

15 real part formed fromthe signal x(t), anplified by
nmeans of 229, additionally passing through the
anplifier 231 with the gain factor -1. This therefore
yields the transfer functions

(5A) £ [x(t)] [X(t) /7 N2] * (-1 + i)

20 and

(6A) g  [y(t)] = [y(t) / N2] * (1 +1i)

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

25 [x(t)] + g [y(t)]

An arrangenent, for exanple based on the logic
element 640 in FIG 10A, now needs to be connected
downstream whi ch arrangenent checks, for a limt val ue
S - suitably selected by the user with respect to the

30 inage width of the stereo signal that is to be achieved
- or a suitably selected deviation & - both defined by
the inequality (7A) - whether the condition



30 image width of the stereo signal that is to be achieved - or a suitably selected deviation E - both
defined by the inequality (7A) - whether the conditign 66 (7A)0Sk-max Re W[x(t)] + gly(t)] < Sk+< 1is
met. If this is not the case, a feedback loop 641 is ged to determine a new optimized value for the
degree of correlation r resp. for the attenuations k or else p (for the generation 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. 10The input signals for the logic element 640 are now transferred to

an arrangement, for exafnﬂs bas%g Qn t|‘§_|0 icglﬂg@n&gg% fnggggalrﬁa_ %u[mgfw ngement finally

analyzes the relief of the function fIx(t)] + g[y(t)] for the purpose izin ction 15 values in
terms of the image width of the stete Sigha t is to be achieved, the user being able to suitably
select the limit value Uk as well as the deviation K, both defined by the inequality (8A), with respect to

the image widflyoffpe stereogigralitiatigto prLacueved. Quyphdke copgitien8Ag OUK- fix()] +
gly(t)] dtUk+ musté)e met, If this is not the case, a feedbac Iooptlé%41is used to determine a new
u

optimized valuefo tﬁeodg&Ie%rdpc%?re?atfb%VY r%gb! 10 25%& 8nd Q%r f‘s%r;??for the
generatiob of e reguliaahéren digrap Rndfithe gré@oas sRpsgustadsschibed, 85 SiRisprated in FIG.

8A 10 10A, arq for the generation of the resulting stereo signal),
and the previous steps just described, as illustrated
in FIG 8A to 10A, are perforned until the above
condition (7A) is fulfilled.

10 The input signals for the logic elenent 640 are
now transferred to an arrangenent, for exanple based on
the logic elenent 642 in FIG 10A. Such arrangenent
finally analyzes the relief of the function f'[x(t)] +
g'[y(t)] for the purpose of optimzing the function

15 values in terns of the image width of the stereo signal
that is to be achieved, the user being able to suitably
select the linit value U as well as the deviation x,
both defined by the inequality (8A), with respect to
the image width of the stereo signal that is to be

20 achieved. Overall, the condition

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

must be met. If this is not the case, a
feedback | oop 643 is used to determ ne a new opti m zed
value for the degree of correlation r resp. for the

25 attenuations X or else p (for the generation of the
resulting stereo signal), and the previous steps just
described, as illustrated in FIG 8A to 10A, are
performed until the relief of the function f'[x(t)] +
g'[y(t)] satisfies the desired optim zation of the

30 function values with respect to the image w dth taking
into account the limt value U and the deviation x,
bot h suitably chosen by the user.



performed until the relief of the function fIx(t)] + g[y(t)] satisfies the desired optimization of the 30
function values with respect to the image width takfif](g into account the limit value Uk and the deviation
K, both suitably chosen by the user. 67 In terms of the image width - determined by the degree of
correlation r resp. the attenuations k or else p (for the generation of the resulting stereo signal) - the
signals x(t) (123) and y(t) (124) 5 therefore correspond to the specifications by the user and represent
the output signals L** and R** from the arrangement which has just been described The present

considerations remain V{i1|Hj e%ppmengfy ?Y]eEp iif ﬁl.acafée%n J&H‘erer@&ﬁs{.ﬁ ym[ 3’1% unit circle of

the imaginary plane is chosen. By exam Instead of normalizing unctlo values, it is also

possible to noHRZFALHR! aﬁ@fén‘”gltﬁﬁ/i Sfdet td F‘e?d%rcettH@ BRI C8Rplex@y accordingly.
Stipulation of thledecaliddtion diteetigenEs@tcasioraillyt inés ales uinporignstoenemor the stereophonic

mapping obtalglea @Qoyt theg W@l%eﬁﬁgfghe(g{rectmg atée,r@ (%;( yvjw c(hlgg stereophonic rendition is

based, since, fcg instance, mirror mvert@ g(rh%m re ion to the main axis,occurs. 20 This can be
achieved ﬁ’;y By %{}v%pBFng FRR Enhndi dstﬂ‘écﬂ t%ﬁéhﬁ’é\s y ifl'heh é('l?&idy existing
stereo S|gnal larrl is e ARIpheting wetpotertiyaals, the candcRocdisavn BRection can also be

ascertained 2% pptomaatiasiy bxineanhakthewhanemsageers gererated using the illustrated
pseudostereophonic methodology, as is shown by way of example in FIG. 12A (which is directly

connected downstream with FIG. 10A, whereas FIG. 11A may likewise be added to FIG. 12A for 30
determining the sum of tﬁ@%oﬁﬁrﬂéﬁﬂbnﬁéﬁ%rﬁ%bﬁ& QD&Y €Ity fritde fre@8y existing stereo
signal L, R; cf ethei explanagions frelatidg té Et@ndAY. éih ghie caee satstudtabtyrnehosendimes ti (for which

not all of e SHH??q%mWI%tegfcotrrl’?eati%gi nary plane is chosen. By way of
exanpl e, instead of normalizing function values, it is
al so possible to nornmalize the axis length in order to
reduce the conputation conplexity accordingly.

Stipulation of the localisation direction:

15 Cccasionally, it is also inmportant to mirror
t he stereophoni c nmappi ng obtai ned about the main axis
of the directional pattern on which the stereophonic
rendition is based, since, for instance, mrror
inverted mapping in relation to the main axis occurs.
20 This can be achieved manual |y by swapping the |eft
channel and the right channel.

If an already existing stereo signal L°, R is

to be napped by the present system the correct
| ocal i sation direction can al so be ascertai ned

25 automatically by neans of the phantom sources generated
using the illustrated pseudostereophoni c nmet hodol ogy,
as is shown by way of exanple in FIG 12A (which is
directly connected downstreamwi th FIG 10A, whereas
FIG 11A may |i kew se be added to FIG 12A for

30 determning the sumof the conplex transfer functions
f°(1(t;)) + g'(r(t;)) for the already existing stereo
signal L°, R°; cf. the explanations relating to FIG
9A). In this case, at suitably chosen tines t; (for
whi ch not all of the subsequently cited correlating



68 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 tranager function f*(x(ti)) + g*(y(tR)) as shown in FIG.
59A is compared with the transfer function f*(1(ti)) *°g (r(ti)) of the left signal 1(t) resp. right signal r(t)
of the original stereo signal L, R. If these transfer functions range in the same quadrant or in the
diagonally opposite quadrant of the complex number 10 plane, the total number m of function values
from said transfer functions which are located in the same quadrant or in the diagonally opposite

quadrant of thE lmgmlg@ nvg’,b&é Qla(p,e iﬁﬁrﬁcri%%\?& lfeg ‘t ;f; ‘?ﬁgﬁi GHSE- ;ﬁﬂ (?(E%lr?] ally (or statistically

determined) 15,specifiable number,b, which s or equ mber of correlating

function value8 dthé itad<f&Prunktibhs Fokdt)) + G ridp. T8 (H§ +85HR)) LRed &% zero, now
stipulates the hombat of resgssane neac®)s. Bty dhis @adybasther 2Gleftechannel x(t) and the right

channel y(t) of thgstergo sfig(pﬁg_trggthltilf\g( ;p(rt%a)mpjegfrm &N %rr%rg,gegﬂ%%pq shewisin FIG. 8A -
10A are swap

d.. If an originally stereophonic signal js t0 be encoded intq a mono signal plus
the functi nfg*?d@cri;o%@?ﬂeeé?r&t%lﬁa B&ttérrna(Pec’?p%rthé gmﬁlifﬁﬂg?pfrgé{éi n"of said function)
and likewise ptu$ tHe phiaraéterd g, heis, iIsbgp@or ekanplefi thé bahtosei @ffkita compression)
(for an exemplagy puiut G2 dvhigh Mxay e exendsr divdhe paraireter|z; 3preseelow), it makes
sense to jointly en he information regarding whegher the resulting left channel apd the resulting
right channel Xéeacﬁ %)?%ef S%V%Bﬁgha?{g? efgﬁ%j?e %Qprteége(? %&he nggr%gﬁer (z)r Whlrt]:hpt% es the value 0
or 1). di agonal | y opposite quadrant of the conpl ex numnber

10 plane, the total nunber m of function values fromsaid
transfer functions which are located in the sane
quadrant 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)

15 specifiable nunber b, which should be | ess than or
equal to the nunber of correlating function val ues of
the transfer functions f (x(tij)) + g (y(t;) resp.
f°(1(t;)) + g'(r(ti)) unequal to zero, now stipul ates
t he nunber of necessary matches. Bel ow this nunber, the

20 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
25 describing the directional pattern (resp. the
sinplifying paranmeter n of said function) and |ikew se
plus the paraneters ¢, o, B, A or p (for exanple for
t he purpose of data conpression) (for an exenplary
out put 640a whi ch nmay be extended by the paraneter z,
30 see below), it makes sense to jointly encode the
i nformati on regardi ng whether the resulting |eft
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).



69 With slight modifications, similar circuits to the circuits shown in FIGURES 11A and 12A can
be constructed which can be connected directly downstream with FIGURE 3A or 4A or 5A or 6A or 7A
or else can be 5 used at another location within the €lectrical circuit or algorithm. For obtaining
stable FM stereo signals by using W02011/009649 by way of example for the evaluation of an existing
stereo signal which can be reproduced by 10 two or more loudspeakers: W02011/009649 is also
of particular importance in connection with obtaining stable FM stereo signals under bad reception

conditions (for example Wq%og]qbéﬁjz. bqﬁ i§ F@%&’iibiﬁé?,os§]brlﬁ J%ﬁ(_‘,@iy% aﬁtséakflg stereophony by

simply using the main channel sign as an Input signal, which is the sum of the left and right

channel of thel d1yifal' F&ebSiGRWihé BofpR{E%e? itddnFREE 4 chadMmdi&ignal (L - R), which is
the result of sulatrexdtingahe dighvh 20 ltheanellfeorn dine éxft elthrdial e tHeyoripinalsste eansignal, can also

be used in thig,£ase 1B FAREIGIRIEa Wgeahle shsignaky igoregey (g deiedping 4y qpiimize the
parameters f (resp. n), which dBescri e the directiona) pattern of the signal that is to be 25 rendered
stereophognic \%glléts tﬁ@%‘h F‘eryl@r%ct% td’Pe %f&ﬁﬁnéa% tf‘a(flglgrdr%@ mgfrf)l%ﬂﬂ/tand is enclosed
by the main aXxi§ adbl@né isbbd source, the fictitious left opening angle a, the fictitious right opening
angle p, the attenuations k or else p for the 30 generation of the resulting stereo signal or, resulting

therefrom, the gain factor p* for normalizin I f%c nel and the.right channel, resulting from the
MS matrixing (for examglll_:ég) Eje e?Fn?rllen {ﬁgaggt#r%gr as%%rﬁoe [héeiologic&e]élmsen‘%XZ Sa's'li%own in FIG.

8A) or from 35/%%&thaf RERGEMBt %Edbrihgas Py eh@bn heth8 (@it in #is case 1
corresponds tatheriaximug F0der) of Ogtdvhidh lads be@n bermeliresiduy esingyp, where x(t) is the

left outp%sigq%ewlti%pgnl %g@g&??ﬁion and y(t) is the right output signal resulting from this

normalization) or the degree of corre the resulting stereo signal or the parameter a, for
example defined by the inequality (9aA) below for defining the admissible range of values for the sum
of the transfer functions W2 @LresQRiagAutp st sidisals ¢for eaampteusaid dompaex aaosfer

in connection with obtaining stable FM stereo signals
under bad reception conditions (for exanple in
autonobiles). In this case, it is possible to achieve

15 stabl e stereophony by sinply using the main channel
signal (L + R as an input signal, which is the sum of
the left and right channel of the original stereo
signal. The conplete or inconplete sub-channel signa
(L - R, whichis the result of subtracting the right

20 channel fromthe left channel of the original stereo
signal, can also be used in this case in order to form
a useable S signal or in order to determne or optim ze
the paraneters f (resp. n), which describe the
directional pattern of the signal that is to be

25 rendered stereophonic as well as the angle ¢ that is to
be ascertained nmanual ly or by nmetrology and is encl osed
by the main axis and the sound source, the fictitious
| eft opening angle a, the fictitious right opening
angle B, the attenuations A or else p for the

30 generation of the resulting stereo signal or, resulting
therefrom the gain factor p° for normalizing the |eft
channel and the right channel, resulting fromthe M5
matri xing (for exanple determned in a simlar fashion
to the logic element 120 as shown in FIG 8A) or from

35 anot her arrangenent according to the invention on the
unit circle (in this case 1 corresponds to the maxi num



10 functions (5A) fk[x(t)] = [x(t)/A/ 2] *(-1 + i) and (6A) i][y(t)] = [y(t)/A/ 2] * (1 + i) where, for Oal for
example the following is true: 15(9aA)Re2{C[x(t] +gly(t)11 * 1/a2 + Im2{C[x(t] + gly(t)111) 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 maximizing 20 the absolute value of the function values of the sum of
these transfer functions (where, for this stipulation 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: 25

(11aA)OR*X(Hlet, @Y QY -4 (i cHt Rat Ap@enhit mditi A " (YN ARTHGH¢ (1) S
where x(t) is the left output signal resulting from
this normalization and y(t) is the right output signa
resulting fromthis normalization) or the degree of

5 <correlationr of the resulting stereo signal or the
paranmeter a, for exanple defined by the inequality
(9aA) bel ow for defining the adm ssible range of val ues
for the sumof the transfer functions of the resulting
out put signals (for exanple said conplex transfer

10 functions

(5A) f[x(t)] [x(t)/~ 2] * (-1 + i)

and

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

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

15 (9aA) Re?{f'[x(t] + g'[y(t)]} * 1/a® + Inf{f [x(t] +
gly(t)]} <1)

or the limt value R*, defined by the inequality (11laA)
bel ow, or the deviation A, |ikew se defined by the
inequality (11aA) below for stipulating or maxim zing

20 the absolute value of the function values of the sum of
these transfer functions (where, for this stipulation
or maxim zation and for the tinme interval [-T, T] resp.
the total nunber of possible output signals x;(t),
yj(t), the following for exanple is true:

25 T
(11aA) 0 < R* - A< [ |f*[x(t)] + g*[y(t)] dt
T

T

<Smax [ IEAIX ()T {FXIxi ()], g*[yi(t)]} e @
30 -T



g*[y(t)1111 dt) or the limit value S* defined above or the deviation E defined above (for which, by way
of example, it must be true that 10( 7A) 0Sk-max R/e frix(t)] + gly(t)] Sk+1) or the limit value U* defined
above or the deviation K defined above (for which, t}y way of example, it must be true that 15 ( 8A)0 <
TR- K < fix (t)] + gly(t)] dt, -T all for determining the image width of the stereo signal to be achieved, or
the localisation direction of 20 the reproduced sound sources in accordance with the arrangement
described above. In any case, the result is stereophonic mapping which is constant in respect of the
FM signal. In particular, tmeﬁ,cg c)cippﬁqssion 25 algorithms or data reduction methods which belong
to the prior art resp. the analysis tfc aracteristic features, such as the minima or maxima, is also
recommended in this case in order to speed up the 72 evaluation of stereophonic or
pseudostereophonic sigraldRaceording to the criteria described above. Hereinafter, the contents of
W02011/009650 will 5 be reproduced in full for a better understanding of the following examples of
application of the present in¥ention:

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

+ g’ [y(t)1}1} dt)

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

true that
10 (7A) 0 < S'- ¢ < max |Re {f [x(t)] + g'[y(t)] ¢
< S+ g <1)

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

15 T
(8A) 0<U- k<Jfx(t)]+dgy(t)]d <U+ ),
-T

all for determning the inage width of the stereo

signal to be achieved, or the localisation direction of
20 the reproduced sound sources in accordance with the

arrangenent descri bed above. In any case, the result is

st er eophoni ¢ mappi ng which is constant in respect of

t he FM si gnal

In particular, the use of conpression
25 algorithns or data reduction nethods which belong to
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



In the case of the configuration according to W02009/138205, according to EP1850639 and/or
according 10 to W02011/009649, different parame& rs may be chosen in the stereo decoder and
which are used to generate pseudostereophonic sighals. Though often several parameters or several
sets of parameters may be used in order to obtain pseudostereophonic audio signals, the 15 choice of
such parameters has an impact on the perceived spatial sound image. The choice of the parameters
which are optimum in a certain condition or for a particular audio signal is however not trivial.

Furthermore, just toft r 0 also I i t on the degree of
correlation be%viagn t%%e@cﬁgn%eélgaq‘nd esr?gr% cggnﬁéﬁﬁ%ycﬁgﬁh oér}\ﬁ/%c2011/009650, however,
it has been fofh@f & FEAATARIsd R d Bestplidied Ghifercddgted RRBMBIation for the
evaluation of 25 different parameterizations for y resp. f (resp. the simplifying parameter n), a, p. An
aim therein is to provide a new method and a new device for obtaining pseudostereophonic signals
resp. a new method and a new device for automatically 30 and optimally choosing such parameters
which form the basis for the generation of stereophonic or pseudostereophonic signals, resp. a method
and a device for optimallyedrgi aabheiticaly deeemirgng S7DpartedRb/tRe pabdmuidrs (v, k, p resp. f
(resp. n), El 1;6&'31%@@&!@5@9 isﬁidf;dﬁleof%@m&? leeQE‘;eé#doﬁPﬂH@@%h!%?@jﬁiﬁl@alﬁ- St'-(lj@@ a me_thold
resp. such a dgyice are inten tQ be use select, from a plyrality o rrelated, in particular
pseudostereogr?énﬁg,vgiargalev)é%%ﬁls?%hgge v%ﬁhqsi 8§Ecr)r(r)e aﬁzn th t%ué{ﬁgd %ﬁe?particularly
advantageous!. 1Y B&tkicQlr, it should be possible to 10 influence the selection criteria themselves in a
form

In the case of the configuration according to
WO2009/ 138205, according to EP1850639 and/ or accordi ng
10 to WOR011/009649, different paraneters may be chosen in
the stereo decoder and which are used to generate
pseudost er eophoni ¢ signals. Though often severa
paraneters or several sets of paranmeters may be used in
order to obtain pseudostereophonic audio signals, the
15 choi ce of such paraneters has an inpact on the
per cei ved spatial sound i mage. The choi ce of the
paranmeters which are optimumin a certain condition or
for a particular audio signal is however not trivial.

Furthernore, the adjustnment of the paraneters
20 also frequently has an inpact on the degree of
correl ation between the |l eft channel and the right
channel . In the context of WRX011/009650, however, it
has been found that it would nake sense to stipulate a
uni form degree of correlation for the eval uation of
25 different paraneterizations for ¢ resp. f (resp. the
sinmplifying paranmeter n), a, B.

An aimtherein is to provide a new nethod and a
new devi ce for obtaining pseudostereophoni c signals
resp. a new nethod and a new device for automatically

30 and optimally choosing such paraneters which formthe
basis for the generation of stereophonic or
pseudost er eophoni ¢ signals, resp. a nethod and a device
for optimally and automatically determ ning



as efficient and compact as possible in order to be able to convert signals of different nature (for
example speech in contrast to music recordings) m}g the optimized reproduction thereof. 15According
to one aspect, W02011/009650 proposes a device'and a method for obtaining pseudostereophonic
output signals x(t) and y(t) by using a stereo decoder, wherein x(t) is the function value of the resulting
left output channel at the time t, and y(t) is the 20 function value of the 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 rangg,, lf.ther opQuts imijlar defegts, 25 how angn ificant quantity of single
points may Iie%%}tstigglagg(la%;nigcﬁr%r ngig?ﬁ#?fﬁi%fagi’ thgol.}))ta?l’\]%ght ig ifg?z%%/ely optimized until a
portion of <x(tPy(Bb i¥kNithth BRNGEAEIIHIR deflifs S PRIYNIBBTRE desired definition range is
preferably stippteted bytaesinglehumericdl gasdraeter a, where preferably 0al. This parameter and
hence the 74 definition range can be usefully stipulated for example by the inequality Re2{flx(t] +

aly (ol * a2 « Il < gof L4 2ERSTF ™ el Rk P Gk s ovol =
5 to be used to select, froma plurality of decorrel ated,

in particul ar pseudostereophonic, signal variants,
t hose whose decorrelation is found to be particularly
advant ageous.

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

15 According to one aspect, WOR2011/ 009650 proposes
a device and a nmethod for obtaining pseudostereophonic
out put 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

20 function value of the resulting right output channel at
the tinme t, in which the obtainnment is iteratively
optim zed until <x(t), y(t)>is within a predeterm ned
definition range.

If there are dropouts or simlar defects,

25 however, an insignificant quantity of single points my
lie outside the definition range. In this case, the
obtainment is iteratively optimzed until a portion of
<x(t), y(t)>is within the predeterm ned definition
range.

30 The desired definition range is preferably
stipulated by a single nunerical paraneter a, where

preferably 0 < a £ 1. This parameter and hence the



apply for the complex transfer functions 10flx(t)] and gly(t)11 of the output signal x(t), y(t). The
user can arbitrarily stipulate such a definition range, on the basis of the unit circle of the complex
number plane resp. of the imaginary axis (if the m >f]imum level of the output signal x(t), y(t) 15 has
been normalized on the unit circle), by using the parameter a, Oal. This principle also remains valid
when a reference system other than the unit circle of the complex number plane is chosen and a
different new 20 definition range is defined. "Definition range" is therefore understood generally to
mean an admigsibl of \. for <x(t), y(t)z«f the, output Si (th (1), hi verall, is
intended to coﬁ?ﬁhﬁ@%ﬁtﬂ%ﬁ cc)%ﬂ p%ér’t greéi{(]a{r% Ieyigqﬂ}isg‘ gge:%ée}o%je?e\%c%@is%und
recordings whith $H¥v WRGHYA! kidwn as dropouts). 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, the 75 Iev%én‘{thq)g@q imur@*(‘[))f/mg ﬁgsulti@g éeftgnp,ﬁqht 5T[npel is normalized. In this
way, certain parameters canjﬁ'te ively optimized in order to attain the desired definition range,
without said parameters affdcti gtt dégljee of correlation or the level of the 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, lop - ez mhighharerdepanderson 1<x(t), Y(t)>I are

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

and

[y(t)/~N2] * (1 + i)

gly(t)]

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

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

parameter a, 0 < a < 1.

This principle also remains valid when a
reference systemother than the unit circle of the
conmpl ex nunber plane is chosen and a different new

20 definition range is defined. “Definition range” is
t heref ore understood generally to nmean an adm ssi bl e
range of values for <x(t), y(t)> of the output signa
x(t), y(t), which, overall, is intended to contain
<x(t), y(t)>in full or in part (for exanple in the

25 case of defective sound recordi ngs which show what are
known as dropouts).

In a preferred variant enbodi nent, the degree
of correlation of the output signals (x(t) and y(t)) is
normali zed. In a preferred variant enbodi nent, the



used for the stipulation. For this purpose, according to the invention, a corresponding range of values
dependent on 1<x(t), Y(t)>I is normalized, so as to_constitute a criterion for the optimization of the 15
parameters. In one embodiment, a method for obtgfﬁ)ing pseudostereophonic output signals x(t) and
y(t) by using a converter is therefore proposed, wherein x(t) is the function value of the resulting left
output 20 channel at the time t, wherein y(t) is the function value of the resulting right output channel at
the time t, wherein the complex transfer functions f[x(t)] and gly(t)] of the output signals are defined:

fIx(t)] = [X(t)/AL 251 42 ) = / * [ ' taipings iteratjyely optimized until
the following clri?‘ts]é/r?g_n iéfsagtttis mMgg{qﬂgﬁ?ﬂgﬁé {}/a}élzg @rl][mq;ﬁ#iittf{t)?}alﬁ,%vh@r al stipulates the
desired definitfdif8@findes 76T Ml iZ@fharkAnieMsHetB¥s theShbMddsHEF 85BIERG
pseudostereoplaonibsignaés acdoreing to w020 d3820% ndaccdrdinat todtP1830639 is the fact that
they a'V‘iayS ProYidE @ BEHEET FRMELHINAN G SUNISHEaE0RANE SpArtdiee gfass correlation (1B)r =
(/217) E“U%g%%%ting the degree of correlation or the |evel of the
maxi mum of the resulting left channel and right

channel .

It al so nakes sense if — for extrenely
di fferent paraneterizations for ¢ resp. f (resp. n), aq,
10 B — criteria which are dependent on |<x(t), y(t)>]| are
used for the stipulation. For this purpose, according
to the invention, a correspondi ng range of val ues
dependent on |<x(t), y(t)>| is normalized, so as to
constitute a criterion for the optim zation of the
15 paraneters.

In one enbodi nent, a nmethod for obtaining
pseudost 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

20 channel at the tinme t, wherein y(t) is the function
val ue of the resulting right output channel at the tine
t, wherein the conplex transfer functions f'[x(t)] and
g [y(t)] of the output signals are defined:

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

frIx(t)]

[y(t)/~N2] * (1 + i)

25 gly(t)]

in which the obtaining is iteratively optimzed until
the following criterion is satisfied:

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

where 0 < a £ 1 stipulates the desired definition

30 range.



-T * (A/x(b)iffy(t)iff) 10 is introduced here for the time interval [-T, T] and the output signals x(t) from the
left channel and y(t) from the right channel. %% already mentioned, it makes sense if a uniform
degree of correlation is attained for extremely 15different parameterizations for y resp. f (resp. n), a, p.
For this purpose, according to the invention, the degree of correlation between the output signals (x(t)
and y(t)) is normalized. This normalization can preferably be stipulated by means of the specific 20
variation of k (left attenuation) or p (right attenuation). On the basis of the uniform degree of

correlation, the signal at;&uq grp(g Wé)ea ?séét[naagal t};{%(ftﬁg gelvglpatlon criteria that 25 can

be influenced béthe user. It also ma es sen a uniform eveI for the maximum of the resulting left

and right charl R BHiRG aRaFEAGS BXFARBRMiffeRing PalsmaeFidAfbMGidk § resp. f (resp. n), a, F.
For this purpowmmmmééréﬁfesentemwﬂtdnnnmd levERIf8@56 63&ximsin bétHearesulting left and right

channel is norm?éigegh%:g, LA m@ggm }e(y@j Ao} np,fg,,qnggg detﬁpéqpt@lé%gn ofghe parameters.

It makes sense, for example, for

e Iee}alol control for the maximum ?f the left signal L and of the 5 right
signal R t mﬂehl'ysoerl?ﬁi c?Pﬂly SrimdPfor t1Mme cross corre ation
T
(1B) r = (1/2T) * [ x(t)y(t) dt
-T

(L x(t)erry(t)ers)

10 is introduced here for the tine interval [-T, T] and
the output signals x(t) fromthe left channel and y(t)
fromthe right channel.

As al ready nentioned, it nmakes sense if a
uni form degree of correlation is attained for extrenely
15 different paraneterizations for ¢ resp. f (resp. n), a,
B. For this purpose, according to the invention, the
degree of correlation between the output signals (x(t)
and y(t)) is nornmalized. This normalization can
preferably be stipulated by nmeans of the specific
20 wvariation of A (left attenuation) or p (right
attenuation).

On the basis of the uniform degree of
correlation, the signal attained can now be
systematically subjected to evaluation criteria that

25 can be influenced by the user.

It also 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 ¢ resp. f (resp. n), a, PB. For this purpose,

30 in the represented system the |evel of the maxi mum of
the resulting left and right channel is nornalized, so



example to 0 dB by means of a first logic element. It also makes sense if - for extremely different
parameterizations for y resp. f (resp. n), a, p - crite 9 which are dependent on 1<x(t), Y(t)>I are 10
usedforﬂuasﬁpMaﬂon.Forﬂﬂsrnnpose,acconﬁngtotheinvenﬂon,acowesponmngrangeofvaMes
is normalized, so as to constitute a criterion for the optimization of the parameters. x(t) and y(t) are
mapped within the unit circle 15 of the complex number plane. The function f[x(t)] + g[y(t)] can now be
analyzed in more detail in order to draw conclusions concerning the quality of the respective output

signal from a q%vécfe ﬁﬁq(ﬁrfét;?ggh%f[)g(o ?/llspﬁ(f)? 8&,[?&1@59 Sghfé)r 8§e fll’rgﬂl_ez éqr;yo%o decorrelation

between the two signals y(t)] Is in this case equivalent to a ction on the real axis when
analyzing the RinctiBf f PRORIRIIRDT The stereo decoder is therefore optimized 25according to said
criteria for example for 1Reif[x(t)] + gly(t)]11 and for limifix(t)] + gly(t)]11. This method has proven itself

to be particularly advantggeoyskeigce @rg@glefgﬂralg\ggﬁ.ppp@r,ne%@, takges patjgum account of, in
particular, the 30 different nature of the output t%grrl]ia S fr(jm a device oLa methqd gccording to

WO0/2009/138585 b ®p 1880658 STHEN R L oteferanR) B aepdn i o thEpe of the
audio sigial, fof gkdmplednard& todprobess aig y be uniformy confined for

exanple to 0 dB by neans of a first logic el enent.

It al so nakes sense if — for extrenely
di fferent paraneterizations for ¢ resp. f (resp. n), aq,
B — criteria which are dependent on |<x(t), y(t)>]| are
10 used for the stipulation. For this purpose, according
to the invention, a corresponding range of values is
normal i zed, so as to constitute a criterion for the
opti m zation of the paraneters.

x(t) and y(t) are mapped within the unit circle

15 of the conpl ex nunber plane. The function f'[x(t)] +
g'[y(t)] can now be analyzed in nore detail in order to
draw concl usi ons concerning the quality of the
respective output signal froma device according to
WO2009/ 138205 or EP1850639, for exanple. Any

20 decorrel ation between the two signals f'[x(t)] and
g'[y(t)]is in this case equivalent to a deflection on
the real axis when analyzing the function f'[x(t)] +

g ly(t) 1.

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

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

This method has proven itself to be
particul arly advant ageous, since a single paraneter,
nanely a, takes optinmum account of, in particular, the
30 different nature of the output signals froma device or
a met hod according to WO 2009/ 138205 or EP1850639. The
paraneter may preferably be dependent on the type of
the audio signal, for exanple in order to process



speech or music differently on a manual or automatic basis. In the case of speech, unlike music
recordings, the definition range determined by the ﬁrameter a preferably needs to be restricted
significantly due to 5 disturbing artifacts such as hig 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)] + gly(t)] based on the unit circle resp. 10 the imaginary axis. If the signals x(t), y(t) do not
satisfy the aforementioned conditions, the invention involves optimization being carried out by

re-determinin aragetersy qr tf?grﬁ%rg%ﬁln o;ﬂ%y-’%cg[%réc;% togn Ef’tgpp&t\)/secprocedure that is

matched with the function values X][t(y, f, a, , sp. X[t(y, n, a, 0)] and y]t(y, n, a, 0)] -
whilst executiftfiSteds delchibéd S8%& Ml KAF 8RBy Rhdef EhauRirenicrt8n&k RBRditions. 20in a
further step, theheelidedi thietfunctioraibg8] e ey @ityiiforexkamyple e npararadz=d far the purpose of

maximizing thg feictioan(ajueebigEeqfo e PPesible; o1 b@Vsingh s PEIRECyIre ifeeqyvalent to the
maximizagion of 2“? (6Bg.f I x(t%}tg#yétgll dt -T wlzﬁf‘;qgessmn, for its.part, remains less than or
equal to the v&LESY38' (PB5 412 R -3 ™ FEIRRAY TS PRGNS ot

during the articul ation.

In addition, given the limtation to a single
paraneter a, any optinmum function range can be chosen
for f'[x(t)] + g'[y(t)] based on the unit circle resp.

10 the inmaginary axis.

If the signals x(t), y(t) do not satisfy the
af orementi oned conditions, the invention involves
opti m zation being carried out by re-determ ning the
paraneters ¢ or f (resp. n) or a or B — according to an
15 iterative procedure that is matched with the function
values x[t(o, f, o, B)] and y[t(o, f, o PB)] resp.
X[t(ep, n, a, B)] and y[t(e, n, o, PB)] — whil st
executing steps described so far until x(t) and y(t)
neet the aforenenti oned conditions.

20 In a further step, the relief of the function
fIx(t)] + g'[y(t)] for exanple is now anal yzed for the
pur pose of maxim zing the function values thereof. It
is possible to show that this procedure is equival ent
to the maxi m zation of

25
(68B) T [x(t)] + g'ly(t)]l dt
-T
this expression, for its part, remains |ess
than or equal to the val ue of
30 T

(7aB) S a * {1 / N[1 - (1 - a%® * sin?arg {f[x(t)]
T



In this case too, the user is provided with a tool insofar as he has a free choice of the limit value R* (or

the deviation A defined by the inequality (8aB), 5 s
(8aB). Overall, the following condition must be me

below) for this maximization within the context of
r the total number of possible signal variants xj(t),

7

y(t): 10(8aB)0- Af IfIx(t)] + gly(t)11 dt -T max f Iflx,(t)] ifk[xj(t)], g*[yi(t)]} E CD -T 15+ gly (t)11dt R+ A

()a*11/Ai1l-(1-a2)*sin2 arg {f*[x(t)] 20+ g*[y(t)1111 dt

loudness of the output signal that is to be attained

R* and A are directly related to the
(i.e. to those parameters which the listener also
If the neighborhood of

takes as a basis for assegsi S’T‘ﬂﬁi o&t’a\ stereophonic 25function). -
the limit value R*, defined bﬁ, r ximum 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 80 aforementioned

maximum - in accordancewithhars iteestieetproced

Ure thistes matcped wittiedte iimdtiom values x[t(y, f,

a, 0)] and y[t(y, bt QheesiPax(tlis ”h@ %@”Q WH0aen, &a@ke‘”&?'vﬁﬁé‘ew PPRIAPGES ¥ resp. f

resp. a resp.
resp. paramet

eing determined, and all steps described so far being executed until signals x(t), y(t)

)9%5&}}&&%"&?&19 B (Pes%erfe%ﬁeg r83p. W%sbﬂ%ﬂ%ﬁ%ﬂre%@ﬁa 10 optimum

stereophdnizagies. bel ow) for this maxim zation within the context of

(8aB). Overall, the follow
the total nunber of possibl
yi(t):

10 (8aB) 0 < R
T
<max J[fx(t)] {
-T
15 + g’y (1)1 dt
<R + A
T
< s a* {1/ A1 -
-T
20 + g [y(t)]}1} dt
R and A are direct
of the output signal that i
t hose paraneters which the
basis for assessing the val
25 function).

ng condition nust be met for

e signal variants x;(t),
T
<TIHEIx()] + g'ly(t) ] dt
-T

FIx ()], g*lyi(t)]} e @

(1 - a% * sin2 arg {f [x(t)]

ly related to the | oudness
s to be attained (i.e. to
listener also takes as a
idity of a stereophonic

| f the nei ghborhood of the limt value R,

defined by A, or the maximum of all possible integrated

reliefs is not reached,

optim zation in terns of the

limt value R and the deviation A or in terms of the



10With an appropriate choice of the degree of correlation r, of the parameter a - stipulating the desired
respective definition range - and of the limit value R* and also the deviation A thereof, it is possible to
configure optimum systems for the 15 respective a§8a of application (for example speech or music
reproduction) for the respective nature of the input signals. The present considerations remain
valid as an entity even if a different reference system than the 20 unit circle of the imaginary plane is
chosen. By way of example, instead of normalizing individual function values, it is also possible to

normalize the g{@rlgp@ ip(%g%r WQPH&\] he ??{“Qﬁﬂ%g H?}gc%c%rQnglgnZSAccording to one
ly co

aspect, it is recommended practice to use (Inherently known) compression algorithms or data

reduction methd& B {0"Sndl 2 a8 RAE fdtufRt SREGIMHe MY alJFHRALIRRA for the
pseudostereoptadnie sigraty ghtainedoacddydingrdd tp[WO2a009/13820B of ER850639, for the purpose

of speeding ug(meg gvalyatiop theyeofs {i 9;?t{mg,ingnt,he0§ter honjzatign. Hie pepputational
complexity is signi icantIFy reduced as agesu t. WOZOll@? 650 can incidenta[%/%be applied to

devices of meBIRTREEGEnRate SR redpHATPsighal<es Whidh B Fhr8GIcd By fidre than two
loudspeakers #0f erhpit SrBolRESHUMESystOMEDeldRjing tedrCpric@drynt i | According to one

a}spect, WOIZC:Q;J,_/@Q?%O p(@gqse;s(th? ﬁﬁgg@jﬂb@@yﬁ%&r@ﬁ@hqpnp%g@gr_\ of agglp_j_ﬁli;y of 10 rgeanj
for example Se5tting © WSIS0081L 36508 rotpy ERB124ab8 STL16RUbAB) wherein foedback for
said devices of PhétBERE oV sAREI pRAMStRE §IBBRNK 28%ESN p resp. f (resp. n) esp. a resp. p
being changed in an optimized way until all conditions of the logic elements are met.
10 Wth an appropriate choice of the degree of
correlation r, of the parameter a — stipulating the
desired respective definition range — and of the limt
value R and also the deviation A thereof, it is
possi bl e to configure optimum systens for the
15 respective area of application (for exanple speech or
musi ¢ reproduction) for the respective nature of the
i nput signals.

The present considerations remain valid as an
entity even if a different reference systemthan the
20 unit circle of the imaginary plane is chosen. By way of
exanpl e, instead of normalizing individual function
values, it is also possible to nornmalize the axis
length in order to reduce the conputing tine
accordi ngly.

25 According to one aspect, it is recomrended
practice to use (inherently known) conpression
al gorithnms or data reduction nethods or to anal yze
characteristic features such as the mninma or naxinm
for the pseudostereophoni c signals obtained according
30 to WOR2009/138205 or EP1850639, for the purpose of
speedi ng up the eval uation thereof.

Instead of the proposed anal ysis of |<x(t),
y(t)>], it is also possible to use |<x(t), y(t)>|? for



These means (logic elements) can incidentally be arranged differently, and can even - with 20
restrictions - be omitted completely or in part. For a stereo decoder, for example in a device
according to WO/2009/138205 or EP1850639 - foﬁt}we case of identical inversely proportional
attenuations k and p - optimized parameters y, k, f (resp. the simplifying 25 parameter n), a, p are to
be determined in order to convert a mono signal into corresponding pseudostereophonic signals which
have optimum decorrelation and loudness (the two criteria according to which the listener assesses

the quality of r I The | i i su et Em.lﬂTtIl with as few technical
means as posqs)aﬁ.%%g gﬁeé?g\?é)? ar,%e ?gﬁ%srn’i%tﬁlz%%yt \gr(]j'egsr@eg ofE corre at%gﬁvgﬁa?e output signals
from a stereo 888Xt ah S hedthik He8MHdrexaRiE 8%i8% 0d@rbl hecording to
W0420094138205 or EP1850639), wherein the input signal M and S can (prior to passing through an

amplifier connected upsiyggin 9 13 b3 M AN FRIONGENLSIfRY (@8 ciisHtiaegording to FIGURE 7B,
which is option Ig.éand ideally c?én]negte(g] downstream to FIG. 10B, and is activated as soon as the

parameter z 1 § l?lﬁﬁg RonlEtE! Qgtbegﬁrbfércéﬂrﬁnéa %eeebB I8W).C S| gr’ﬁ'#esfirst logic
element 120 fohheimaizig BRNewl ¢eth s oaseecdlied tovivd ietsipaledkapiidrs daving the gain

factor p* and engips @ ISuerelarntvb shewye tharmasineamgfiydiB oofithe Igf channel L and the

right channel R, The signals L and R resulting from the arrangement 110 (for example an MS

matrix accordi%grgttz) W0420094138205 or EP1850639) are amplified uniformly by 20 the factor p*

(amplifiers 118, 119) in such a way that the maximum of both signals has a level of exactly 0 dB
(normalization on the unfereteddfrihe tconpiex aspder planed Olilis (D aeHoved tpyexesnple by the

downstream CPHB?%%%@%H’%%&%&%O%WH%&PFBﬁh%?5éeﬂgf’{g&g; gyd 122 and

variation or correction of the gain factor p* of the amplifiers 118 and use a level control of the
maximurtfval NS ahll ¥ (FrEATR! FdB OPhE r&d iRy S leo SHMBIS()!(193) and

paraneters of which can be aligned, with a stereo
decoder (for exanple according to WJ 2009/ 138205 resp.
EP2124486 or EP1850639), wherein feedback for said
devi ces or nmethods involves the paraneters ¢ resp. A

15 resp. presp. f (resp. n) esp. a resp. P being changed
in an optimzed way until all conditions of the |ogic
el ements are net.

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

For a stereo decoder, for exanple in a device
according to WO 2009/ 138205 or EP1850639 - for the case
of identical inversely proportional attenuations A and
p - optimzed paraneters ¢, A, f (resp. the sinplifying

25 paraneter n), a, p are to be determned in order to
convert a nono signal into corresponding
pseudost er eophoni ¢ si gnal s whi ch have opti num
decorrel ation and | oudness (the two criteria according
to which the |listener assesses the quality of a stereo

30 signal). The intent is to achieve such determ nation
with as few technical neans as possible.

FIG 1B shows the circuit principle for the
first two logic elenents, as described, for normalizing



30 y(t) (124), the amplitudes of which are directly proportional to L and R, are fed in a second step to a
further logic element 125 which determines the degree of correlation r by using the short time cross
relation: 83 (1B)r = (1/2T) * f x(t)y(t) dt * (1/x(t)if|y(%ﬁf) -T 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. The resulting signals L and
R again pass 10 through the amplifiers 118 and 119 and also the logic element 120, which in turn

causes a fresq r%(e, %Q/rétrol H‘nq g}aﬁ{%ﬁ%\{mgeﬁ (ﬁg&iL gl % é(&f%gechgq dgfz aéql g{q @ﬁ feedbacks

121 and 122, and said signals are the c element again. grhls procedure is

performed in & optRizRHWPAY ush IRE HE gfdePHR SbrrlI&HGPr SEAASEY BY (B ar MBs been
attained. mat Thexresll i$ batermossighad xdt) sy(Orrearntdiced @ redatimT thi the urit circle of the 20

complex numkgfyRaRRy/ 1382655 ofB ERHISE4RS Fircwh BriaiRler WRICh {pgRs tieghRMt signals (1),
y(t) on th corW?Iex number Iz?srée resrp. determines the zhrﬁurlg@?t of the SLIIm thereof fIx(t)] + gly(t)].
With this Circu ,ﬁ]%dre ufﬁﬁé) fdn%ls )tz(?) mﬂtf‘ﬁoﬁ] 8 plﬁrbf%. ELE' &tk fed to a matrix in
which, followirkprespetie applificaiontisy thecabor maar2 xamplfigrenabl y be fed

to a circuit according to FIGURE 7B, which is

optionally and ideally connected dowstreamto FIG

10B, and is activated as soon as the paraneter z

10 resulting fromFI G 10B has been determ ned (see
bel ow) .

The first logic elenent 120 for normalizing the
level is in this case coupled to two identical
amplifiers having the gain factor p and ensures a

15 Ilevel control, show ng the nmaxi numof O dB, of the |eft
channel L and the right channel R

The signals L and Rresulting fromthe

arrangenent 110 (for exanple an M5 matrix according to
WO 2009/ 138205 or EP1850639) are anplified uniformy by

20 the factor p* (anplifiers 118, 119) in such a way that
t he maxi mum of both signals has a | evel of exactly 0O dB
(normalization on the unit circle of the conpl ex nunber
plane). This is achieved for exanple by the downstream
connection of a logic elenent 120 whi ch uses the

25 feedbacks 121 and 122 and variation or correction of
the gain factor p* of the anplifiers 118 and 119 to
cause a level control of the maxi mumvalue of L and R
to reach 0 dB

The resulting stereo signals x(t) (123) and
30 y(t) (124), the anplitudes of which are directly
proportional to L and R are fed in a second step to a
further logic elenent 125 which determnm nes the degree
of correlation r by using the short tine cross
rel ation:



230), said signals are broken down into respective identical real and imaginary parts, with the real part
30 formed from the signal x(t), amplified by means Qf 229, additionally passing through the amplifier
231 with the gain factor -1. Therefore, the transfer? nctions: 84 (2B) fIx(t)] = [x(t)/A/ 2] * (-1 + and
(3B)gly(H)] = [y(t)/A/ 2] * (1 + 1). 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 fIx(t)] +
gly(t)]. The element 232 determines the argument for 10flx(t)] + gly(t)]. FIG. 3B enables
the definition range to be selected by meags of the parameter a, 0Oal, wherein continuous regulation is
made possible by means of the parameter a, on the basis of the unit circle of 15 the complex number

plane resp. of (HBimaginaryakid/ 7 user chhith¥rdredtedly bbfetfline e ddfnidon range

determined by the parameter a on the complex number plane within the unit circle. For this, the
squared real part (333a) and the squared imaginary part 20(334a) of f*[x(t)] + g*[y(t)] are calculated.
The signal resulting from 333a is then fed to an amplifier 335a and is amplified b th<e gain factor 1/a2

freely selectabie BYth& T8 Aibttoratly Pthe SuarEd Sink of tRE atgUrRENEds the stint of the transfer
functions 25fxt] ¥ gly()]islealtulatedhinges EiG 4B, whichiytd b€ confhected dbwhstream at the
output of FIG. 3B, shows the circuit principle for

Any deviation fromr results in optimzed
adjustnment of the gain factor A of the anplifier 117
for the S signal via the feedback 126.

The resulting signals L and R agai n pass
10 through the anplifiers 118 and 119 and al so the | ogic
el ement 120, which in turn causes a fresh level contro
of the maxi mum value of L and Rto reach 0 dB again via
the feedbacks 121 and 122, and said signals are then
fed to the logic elenent 125 agai n.

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

The result is a stereo signal x(t), y(t)
normalized in relation to the unit circle of the
20 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
fIx(t)] + g'[y(t)]. Wth this circuit, the resulting

25 signals x(t) and y(t) fromthe output of FIG 1B are
fed to a matrix in which, follow ng respective
anplification by the factor 1/V 2 (anplifiers 229,

230), said signals are broken down into respective
identical real and inaginary parts, with the real part

30 fornmed fromthe signal x(t), anplified by means of 229,
additionally passing through the anplifier 231 with the
gain factor -1. Therefore, the transfer functions:



a new third logic element, which checks the signals generated in FIG. 1B and mapped on the complex
number 30 plane according to FIG. 2B, according |§O the condition 85 (4aB) Re2{flx(t] + gly(t)E * 1/a2 +
Im2{fIx(t] + gly(t)111 The squared real part and sq éred imaginary part of the sum of the transfer
functions flx(t)] + gly(t)] and 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 the transfer functions fix(t)] + gly(t)] are within the new range of 10 values defined by the

user by means of a. ( ABShis fﬁ)((qtitge-_cagsg( ayeedback-437ais,uged to determine new optimized
values y resp. f (resp. n) resp. a resp. 13, and the entire system described so far is passed through

again until the values of #wedsum 150f the transfer functions f[x(t)] + g[y(t)] are within the new range of
values defined by the user by means of a. The output signals for the logic element 436a are now

transferred to the last Iogrd% ement*i}ggﬁ)é IG. F}?rzét%(ﬁ\l/ﬁ%rjatl;@r{iﬁaw? alyzes the relief of the

function fIx(t)] + gly(t)] for the purpgs Xim he furiction Values, wherein the user has a free
choice of limit yaueJRi detgsepined by the inequality (8aB) (and of deviation A, likewise 25 determined
by the inequality (8aB)) for this maximization. Overall, the condition: (8aB)OR* - Af IfIx(t)] + gly(t)11 dt

5 The respective real and inaginary parts are now
sumed and therefore produce the real part and the
i magi nary part of the sumof the transfer functions

fx(t)] + gly(t)]

The el ement 232 determ nes the argunent for
10 f7x(t)] + g'ly(t)].

FIG 3B enables the definition range to be

selected by means of the parameter a, 0 < a < 1,
wherei n conti nuous regul ation is made possi bl e by neans
of the paranmeter a, on the basis of the unit circle of

15 the conpl ex nunber plane resp. of the imagi nary axis.
The user can therefore freely determ ne the definition
range determ ned by the paranmeter a on the conpl ex
nunber plane within the unit circle. For this, the
squared real part (333a) and the squared inmagi nary part

20 (334a) of f*[x(t)] + g*[y(t)] are cal cul ated. The signal
resulting from333a is then fed to an anplifier 335a
and is amplified by the gain factor 1/a® freely
sel ectable by the user. Additionally, the squared sine
of the argument of the sum of the transfer functions

25 f[x(t] + g'[y(t)] is calcul at ed.

FIG 4B, which is to be connected downstream at
the output of FIG 3B, shows the circuit principle for
a newthird |logic elenent, which checks the signals
generated in FIG 1B and napped on the conpl ex nunber
30 plane according to FIG 2B, according to the condition



-T 30 maxJf*[()]if4Gxj(t)1, g*[yi(t)11 ECD -T 86 (t)11dt R+A (1)a*11/1-(1-a2)*sin2 arg
{f*[x()] 5-T g*[y(t)1111 dt must be met. If this is nqgt the case, a feedback 539a is used to iteratively
determine new optimized values y resp. f (resp. n)E? sp. a resp. p, and the entire 10 system described
so far is passed through again until the relief of the function flIx(t)] + gly(t)] satisfies the desired
maximization of the function values taking into account the limit value R* resp. the deviation A, both
defined by the user. 15Hence, the original pseudostereo decoder, for example according to one of the

embodiments in WO4200§£&%§320§1§1 lf:_P%&ﬁ 639 gm@ Case a:?udnin_g thgﬁlﬂs{ of identical
inversely proportional attenuations a#]d&) , Is used t iel)a ively determine 20 e\E Sallametersyresp.
f (resp. n) resp. a resp. p+urﬁil[>‘((€)ta\r1(}j y<(t)]meet the aforementioned conditions (4aB) and (8aB).
In terms of compatibility (determined by the selectable degree of correlation r), definition range
The squared real part and squared inmagi nary
part of the sumof the transfer functions f*[x(t)] +
5 g*[y(t)] and the signals resulting from 334a and 335a
are in this case fed to a further |logic el enent 436a,
whi ch checks whether the above criterion is satisfied,
hence whether the values of the sumof the transfer
functions f'[x(t)] + g'[y(t)] are within the new range of
10 val ues defined by the user by neans of a.

If this is not the case, a feedback 437a is
used to determ ne new optim zed values ¢ resp. f (resp.
n) resp. o resp. B, and the entire system described so
far is passed through again until the values of the sum
15 of the transfer functions f'[x(t)] + g [y(t)] are within
t he new range 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 |ogic elenment 538a (FIG
5B) .

20 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 limt value R determned by the

inequality (8aB) (and of deviation A, likewise
25 determned by the inequality (8aB)) for this
maxi m zation. Overall, the condition:
T
(8aB) 0 <R - A< [ |f[x(t)] + g'[y(t)]l dt
-T
30 T

*

< max | |f

-T

X ()] {7 Ix ()], g*[yj(t)]} e @



25(determined by the selectable gain factor a) and loudness (determined by the selectable limit value
R* resp. the selectable deviation A), the signals x(té 6(3123) and y(t) (124) therefore correspond to the
selections by the user and are the output signals L*"30 and R* from the arrangement described. 87
Stipulation of the localisation direction: Occasionally, it is also important to mirror the
stereophonic function obtained about the main axis of the directional pattern on which the
stereophonic 5 processing is based, since for example mirror inverted mapping in relation to the main
axis occurs. This can be gcgii_yelgtrzTuapy by swapping the left channel and the right channel. If an
already existing stereo signal I2,'R i$ 10 to be mapped by the present system, the correct localisation
direction can also be ascertained automatically by means of the phantom sources generated using the
illustrated pseudostereophdRic methodology, as is shown by way of example in FIG. 10B (which is 15
directly connected downstream to FIG. 5B, wherein FIGURE 6B may likewise be added to FIG. 10B
for determining the sum of the complex transfer functions f*(1(ti)) + g*(r(ti)) for the already existing
stereo signal L, R). In this Case, at suitably chosen times 20 ti (for which not all of the subsequently
cited correlating functionvalues df thé transfer functions fa&\t)) +sd 0/(tiaFashff (2(6iH)H g (r(t))) may be
equal to zero for at least ome case), the already ascertained transfer function f (x(ti)) + g (y(ti)) as 25
shown in FIG. 2B is compared with the transfer function *(1(ti)) + g*(r(ti)) of the left signal 1(t) resp. of
the right signal r(t) of the origjnal stereo signal L, R (which transfer function is ascertained by using the
circuit shown in FIG. 6B, thé c[e)é(dr) dbfhhicAt30 corresponds to the first part of the circuit for the input
signals x(t), y(t) in FIG. 2B). If these transfer functions range in the same quadrant or in the

must be met. If this is not the case, a feedback 539a
is used to iteratively determ ne new optim zed val ues ¢
resp. f (resp. n) resp. a resp. B, and the entire

10 system described so far is passed through again until
the relief of the function f'[x(t)] + g'[y(t)] satisfies
the desired maxi m zation of the function val ues taking
into account the linit value R resp. the deviation 4,
bot h defi ned by the user.

15 Hence, the original pseudostereo decoder, for
exanpl e according to one of the enbodi nents in
WO 2009/ 138205 or EP1850639 (in this case assum ng the
i nstance of identical inversely proportional
attenuations A and p), is used to iteratively determ ne

20 new paraneters ¢ resp. f (resp. n) resp. a resp. B
until x(t) and y(t) neet the aforenentioned conditions
(4aB) and (8aB).

In terns of conpatibility (determ ned by the

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

| oudness (determned by the selectable linit value R

resp. the selectable deviation A), the signals x(t)

(123) and y(t) (124) therefore correspond to the

sel ections by the user and are the output signals L’
30 and R fromthe arrangenent descri bed.



diagonally opposite quadrant of the complex number plane, the total number m of the function values
from 35 the cited transfer functions which are Ioca? in the same quadrant or in the diagonally
opposite quadrant of 88 the complex number plane is increased by 1 in each case. An empirically (or
statistically determined) specifiable number b, which should be less than or 5 equal to the number of
correlating function values of the transfer functions f*(x(ti)) + g*(y(ti) resp. f*(1(ti)) + g*(r(ti)) unequal to
zero, now stipulates the number of necessary matches. Below this number, the left channel x(t) and

the right channel y(t) of t@-{: &ﬁlﬁt%fgf’oﬁ'ﬁg%ﬁ' r?ﬂgti.rl\%goﬁl q@mglgﬁm&@ AR &rﬁa&g:ement as shown in
ed.

FIG. 1B, 2B, 3B to 5B are swapp If an originally stereophonic signal is to be encoded into a
mono signal plus the function f describing the directional pattern (resp. the 15 simplifying parameter n
of said function) and likeWiseathe qaaamgters P, aspak so pi(fgyaxaardle far thiempuopose of data

compression) {fQE agEXCEMIRYREPHILEFAYE WRICHIDEY REELTABHGE DY dhGReFARRIes 2, see below),
it makes sense o jqintly encode the 20 information regarding whether the resylting left channel is to be
ol el et sanad

swapped with %Itﬂ{d ﬁ&ﬁt' AR elo('i%lI &zﬂn&@ I ﬁteeﬁfrg %, which takes the
value 0 ob1, aptioffersired, tan Siarsdnedusigectivateexainglicasrshéwh in FUEr TR 25With slight

modifications, g rarauiis te the cissitsshome ingflf. £2 anddeBrcan bemeensteueted which can
also be used g ANQUGTIoEAI NI e SR S"SY" PhE'AL I Mehannel  and
the right channel.

If an already existing stereo signal L°, R is
10 to be mapped by the present system the correct
| ocal i sation direction can al so be ascertai ned
automatically by neans of the phantom sources generated
using the illustrated pseudostereophoni c nmet hodol ogy,
as is shown by way of exanple in FIG 10B (which is
15 directly connected downstreamto FIG 5B, wherein
FI GURE 6B may | i kewi se be added to FIG 10B for
determining the sumof the conplex transfer functions
f°(1(t;)) + g'(r(t;)) for the already existing stereo
signal L°, R°). In this case, at suitably chosen tines
20 t; (for which not all of the subsequently cited
correlating function values of the transfer functions
fr(x(ti)) + g'(y(ti) resp. f7(I(ti)) + g'(r(ti)) my be
equal to zero for at |east one case), the already
ascertained transfer function f'(x(t;)) + g'(y(t,)) as
25 shown in FIG 2B is conpared with the transfer function
f°(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 ascertai ned by using the
circuit shown in FIG 6B, the design of which
30 corresponds to the first part of the circuit for the
i nput signals x(t), y(t) in FIG 2B). If these transfer
functions range in the same quadrant or in the
di agonal | y opposite quadrant of the conpl ex numnber
pl ane, the total number mof the function val ues from
35 the cited transfer functions which are located in the
same quadrant or in the diagonally opposite quadrant of



For narrowing or expanding the image width: 30For this application too, the additional use of prior art
compression algorithms or data reduction methodsagar the analysis of characteristic features, such as
the minima or maxima for the pseudostereophonic 89 signals obtained is recommended in order to
speed up evaluation thereof in accordance with the invention. Of particular interest (for example
for reproducing stereophonic signals in automobiles) is the subsequent narrowing or expanding of the
image width of the stereo signal obtained by using the specific variation of the degree of correlation r

of the resultlng sﬁ%%%eﬁ@n& W e%rg?%waélq@ Iﬁ Wc‘?l d%)es(étsl%jgrnjlqgnthségﬁultlng stereo signal).

The 10 previou ined paramet (resp. n) which the directional pattern of the
signal that is t&6 &&endered stereophonic, the angle y - to be ascertained manually or by metrology -
enclosed by the main axis and the sound source, the fictitious left 15 opening angle a and the fictitious

right opening angle p campeéﬁﬁlr}qdclﬂ thyﬁ C(a&e gflgtlt, rg@k%{s?@,sed@aépmm J a final amplitude
correction is necess fo example as Eﬁrt 8& Fagpleme(r;lmﬁzo in FIG B I’OVI ed that this

narrowing or e%(BSﬁH nga& tfre fHA8& 20 FHéd ﬁuélﬁ/ﬁs r% is to be automated,
series of psycRe@Eustio experimeneshed th:zﬂraf edraftamdniageolidenisvedsedsa®f dependent on

the criterion (9EHBSkras Rerfrix(tlct oyl 33€ okt § as el ppan theegrgerion (10B)0tr-HfIx(t)] +
gly(t)dttr+ 'Tf*(l (ti)) + g (r(t;)) unequal to zero, now stipul ates
t he nunber of necessary matches. Bel ow this nunber, the
| eft channel x(t) and the right channel y(t) of the
10 stereo signal resulting for exanple from an arrangenent
as shown in FIG 1B, 2B, 3B to 5B are swapped.

If an originally stereophonic signal is to be

encoded into a nono signal plus the function f
descri bing the directional pattern (resp. the

15 sinplifying paraneter n of said function) and |ikew se
the paraneters ¢, a, B, A or p (for exanple for the
pur pose of data conpression) (for an exenplary out put
640a whi ch may be enhanced by the paraneter z, see
bel ow), it nakes sense to jointly encode the

20 information regarding whether the resulting |eft
channel is to be swapped with the resulting right
channel (for exanple expressed by the paraneter z,
whi ch takes the value 0 or 1, and, if desired, can
simul taneously activate a circuit as shown in FIG 7B)

25 Wth slight nodifications, simlar circuits to
the circuits showmn in FIG 6B and 10B can be
constructed which can al so be used at another |ocation
within the electrical circuit or algorithm

For narrowi ng or expandi ng the inmage w dth:

30 For this application too, the additional use of
prior art conpression algorithnms or data reduction
nmet hods or the analysis of characteristic features,
such as the minima or maxi ma for the pseudostereophonic



30(where Sk and E resp. Uk and K need to be stipulated differently for telephone signals, for example,
than for music recordings). Accordingly, it is now n 8essary 90 to determine only suitable function
values x(t), y(t) which are dependent on the degree of correlation r of the resulting stereo signal
respectively on the attenuations k or else p (for the generation of the 5 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. The arrangement

according to F%gs LB gBo%I?’éﬁ Q?éﬁé'?e’z? agéogj@gﬁfdﬁfggp%q%%%g&h%the context of an

arrangement, forinstance, of t orm shown in r In this case shows a

further exampRY&Y & &k Aok RBFRSfizihg sRFEEHIEHIE Br Wt haddi&rdophBRic Gfnals which, when

15 connected downstream to FIG. 10B, is activated as soon as the parameter z is present as an input

signal. In this case, the ir@'}ialﬁ@qu el ihgroain fagtack C@frggp%ﬁg theffigal value of the gain factor
k in FIG. 1B when the parameter z is traﬁsferred and the 20 input SA%%Z)IS in FiG. 1B are transferred
s {fodkfh FIG. 7B to

directly as inpﬂteﬁbﬁglg% MIcSYE R W ﬂmecoféth%nt msfef) aut 'clr&f’l

9B can inBidersteidg adess used AaNBenASIyEXIRRET Eigcuds driggoritage. BER theQfresent
arrangement, theele§tchagpekanghthe ophtahaanebgreuswarpachie tpddHmatrix 110 by using a logic
element 110a (which.alsg activates this MS mattix as so s the paramejer z is present as an input
signal), provid\(ga rthgttthé%pa(égrﬁeﬁe%r zdi%%‘roeeeql?jl t§ ﬁr (r)t‘%Pez?i}/v{s(()e(r:isurchoa?n S\iv%as does not take place.
The resulting 6@pHt §igR8IsAt BRER FOHNAE NS TRatrikNA cdreaTRbhNfed (8hplifiers 118, 119)

else p (for formng the resulting stereo signal). The
10 previously determ ned paraneters f (resp. n) which
describe the directional pattern of the signal that is
to be rendered stereophonic, the angle ¢ — to be
ascertai ned manually or by netrol ogy — encl osed by the
mai n axi s and the sound source, the fictitious left
15 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 elenment 120 in FIG 1B
provi ded that this narrowi ng or expanding of the inage
20 width is performed manually.

If this is to be automated, series of
psychoacousti c experinents show that a constant inage
width is essentially dependent on the criterion
(9B) 0 S- ¢ < max |[Re {f [x(t)] + g'[y(t)] 7|

< €

<
25 S+¢<1

as well as on the criterion
T
(10B) 0 < U- «x < [RF'[x(t)] + g'[y(t)] ¢ dt < U+ «
-T
30 (where S and ¢ resp. U and « need to be stipul ated

differently for tel ephone signals, for exanple, than
for nusic recordings). Accordingly, it is now necessary



uniformly by the factor p* such that the maximum of both signals has a level of exactly O dB
(normalization 91 on the unit circle of the complex rq!:meer plane). This is achieved for example by the
downstream connection of a logic element 120 which uses the feedbacks 121 and 122 and variation
resp. correction of the gain factor p* of the amplifiers 118 and 119 to cause a level control of the
maximum value of L and R to reach 0 dB. In a further step, the resulting signals x(t) (123) and
y(t) (124) are now fed to a matrix as shown in FIG. 8B in which, following respective amplification 10by

the factor 14 ( Iifi 9 , lif | tive identi I [ ts,
e CURTR 6000 U T B g e

with the real part formed from the s [ y means of 229, addition
the amplifier 2881\fith #eSg&lRREAIENL. 198 {dMRpIE&R A588 NS er $RR RN KR+ BK[y(1)] already
mentioned in ¢drmectsn withnelGs 28 ae thugobitained pEwd resplegtiomrdédi@and imaginary parts are

now summed gpd dhys fasyitdn the real past %ng kg i”ﬂ‘?‘ﬂﬂ”@@r@%ﬁ’f e M ofythe transfer functions
f[x(@®] + g ly®)]. Zg@tn arran%ement for. exaerIe based,on the logic element 640 in FIG. 9B, now

needs to Be corfriattdd B8w Eﬁégr%, Wh%ll\aé ar?éemmeél"?ec'ﬂg, for an¥it vale Sk - suitably chosen
by the user witrP@ispe€l ©rRBtimaheatiditsof tHetérealsigmnl ke it @gbe a@la@eN25 - or a suitably

chosen deviatippoE i- o defingsl by thexbearakbitid8Biv: whetierithe capdilien (9B)0*_cmax Re
f.Kx(®)] + (jk[y%k Sc. < 1 is met. If.thi?. IS \r)ﬁ tgﬁ clagebag%t backf664el iBauC d to determine a new
or

optimized valu or ﬁ%e‘ Hggr%rél or}%oocoerre ation'r resp. e%rt]tenua ions K or else p (for the

generation of the resulting stereo signal), and the previous steps just described, as illustrated in
FIGURES 7B to 9B, are péeroranechngéitbebave coddiignt(8B)isdulfiled. 2B, 3B to

10 5B, 6B, 10B can accordingly be enhanced within the
context of an arrangenent, for instance, of the form
shown in FIG 7B, 8B and/or 9B. FIG 7B in this case
shows a further exanple of a circuit for normalizing
st er eophoni ¢ or pseudost er eophoni ¢ signals which, when

15 connected downstreamto FIG 10B, is activated as soon
as the paranmeter z is present as an input signal. In
this case, the initial value of the gain factor A
corresponds to the final value of the gain factor X in
FIG 1B when the paraneter z is transferred, and the

20 input signals in FIG 1B are transferred directly as
i nput signals to FIG 7B at the tinme of this transfer

The circuits shown in FIG 7B to 9B can
incidentally al so be used aut ononmously in other
circuits or algorithns.

25 In the present arrangenent, the |eft channe
and the right channel are swapped in the M5 matrix 110
by using a logic elenent 110a (which also activates
this M5 matri x as soon as the paranmeter z is present as
an input signal), provided that the paraneter z is

30 equal to 1, otherw se such a swap does not take pl ace.

The resulting output signals L and R fromthe
M5 matrix 110 are now anplified (anmplifiers 118, 119)
uniformy by the factor p° such that the maxi mum of
both signals has a | evel of exactly 0 dB (nornmalization



92 The output signals for the logic element 640 are now transferred to an arrangement, for example
based on the logic element 642 in FIG. 9B. This aéﬁngement finally analyzes the relief of the function
fIx(t)] + gly(t)] for the purpose of optimizing the function values in terms of the image width of the
stereo signal that is to be achieved, the user being able to suitably select the limit value U* and the
deviation K, both defined by the inequality (10B), with 10 respect to the image width of the stereo
signal that is to be achieved. Overall, the condition: (10B)0OPk-fflx(t)] + gly(t)] dttr+ must be met. If this

IS not the casg, f‘;eﬁgbaﬁlf {54% i$ H?eed H)f d m gWw qﬁ}lr%lé?d pp%%f’)r thﬁqgggree 15 of

correlation r resp. for the attenuations k or e e generation of the re’sulting stereo signal), and

the previous stéps3a8! G¥&Hibkar a§ﬁ|@§95€e(ﬂ}ﬁ F1B®) RO (P8 SRME i Hiil the relief of
the function fDet)] eq[g(td satifigs th2@esired20us@snizhtori ebtheaftkstidr? talard with respect to

the image W'd%@kﬁ}%'”%??%&qr%ﬁ“? bYs. Va&@r Peépddpe geviatan faibeth geitaRly chosen by the
user. In terms of th e WldF determi Tsa I% gséilfgr(%e of correlation r reip the attenuations k or
25 else pfor ﬁ1e 8 oﬁgP Hef e%ﬁﬁlng A ) ﬂwecﬁﬂﬁgls% )?Y ) and y(t) (124)
therefore corr@smirfde thé seleetioB byuhe vabtgndfepressst tRetoutp@atdndls dB: and R** from
the arrangement which has just been described. 30The arrangement just described, or portions of this

arrangement, can be us d asa l?nf:Rg?r fO{ %)full flﬁ%g?d gtqrfgﬁgqnsal 5hat||5§hm tiasj to a mono signal

plus the parameters p, f resp the S|mpI|fy|ng drameter n An already
existing stered digRAl @iy U hiuaiefih rREBe BN r r@gpté’rébp*rﬁ*rrbép as shown
in FIG 8B in which, follow ng respective anplification

10 by the factor 1/V2 (anplifiers 229, 230), they are
split into respective identical real and inmaginary
parts, with the real part forned fromthe signal x(t),
anplified by means of 229, additionally passing through
the anplifier 231 with the gain factor -1. The conpl ex

15 transfer functions f" [x(t)] + g [y(t)] al ready nentioned
in connection with FIG 2B are thus obtained. The
respective real and imaginary parts are now summed and
thus result in the real part and the inmagi nary part of
the sumof the transfer functions f" [x(t)] + g [y(t)].

20 An arrangenent, for exanple based on the logic
element 640 in FIG 9B, now needs to be connected
downstream whi ch arrangenent checks, for a limt val ue
S - suitably chosen by the user with respect to the
i mage wi dth of the stereo signal that is to be attained

25 - or a suitably chosen deviation ¢ - both defined by
the inequality (9B) - whether the condition

(9B) 0<S-e<mx RFXL]+JNL)] H<S+te<l

is met. If this is not the case, a feedback 641 is used
to determ ne a new optim zed value for the degree of

30 correlationr resp. for the attenuations A or else p
(for the generation of the resulting stereo signal),
and the previous steps just described, as illustrated
in FIGURES 7B to 9B, are perforned until the above
condition (9B) is fulfilled.



resp. the localisation direction (resp. parameters S* resp. a resp. U resp. K described below) and can
then likewise be encoded anew as a mono signal hy using the parameters p, f (resp. n), a, 13, k resp.
p in view of a device or a method according to WO72009/138205 or EP1850639. Similarly, the
arrangement just described, to 10 which the elements below may possibly be added, can be used as a
decoder for mono signals. If p, f (resp. n), a, 13, k resp. p resp. the localisation direction (for example
expressed by the parameter z, which can assume the value 0 or 1) are known, such a decoder is

reduced 15 to an arrangefpan %ﬁc&égingitgt){gﬁ)%og%}si?%% gr?EP&Sgp@%%m V%Og@ll/009649 or

W02011/009650. Overall, such encoders or decoders ¢ e used wherever audio signals are
recorded, tran&88cdf WohUaRed aF&iihiti8d 3P réhrodlged®BMey HOVid*@TBb @xcellent alternative
to multichannddaserdophonibeethtdgees! enmenSpbédificiancdsd & agBicalibn sre telecommunications

(hands-free deyi¢es)gglRBat NGHVRES, FORIPAISZDSIeRE, PropdeRstiio b raapissin 25 devices,
partlcularg saielﬂ)t(z tratsinlsstgfz deil es, professional audio echnolgﬂy, television, film and
broadcasting an IE% 1&ctfo Eé) sUfferg35d8UT POSEHYindBNGIH &'l b ﬁarticular importance
in connection Withahé ebtaigihges stablé EMBtedéo BO&sIgEAY anvedbid edcdpien conditions (for
exa}mplhe in alljg;r@qatléitlg:sg.illqgﬁais qa%Et itiiﬁ_g-, ppI@sibrlig tﬁ@gﬂ@y@@taﬁ)lﬁestﬁ@@,phg@y I,bg ?jim?hr/] us_inrg]; the
main channel gign + R).as an input signal, which is t m of the le nel and of the right
channel of thegl lé‘r%rlgg?nzﬁ s@rg%ls}/ né;%.ls%efa cct)vrﬁ?)leltcla rérﬁlg%pqgtg?sugh aﬁ?& signal (L - R), which
is the result ofd&ibtRltifg the rifRE Enfiel RBfh e IERhaAREILE thé YorigHiBsterdb Siynal, can also
be usedio this eageeittorder tthiorinnmyeeabldtShsighat tespsineorder ta det@rmineaer optimize the
parameters f (fesp, ). uhich degeries the directional pattern:offhe signal that is to be rendered

. , | :

stereophonic, the angle y - to be ascertained manually or by metrology - enclosed by

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

must be met. If this is not the case, a feedback 643 is
used to determ ne a new optim zed value for the degree

15 of correlation r resp. for the attenuations A or else p
(for the generation of the resulting stereo signal),
and the previous steps just described, as illustrated
in FIGURES 7B to 9B, are perforned until the relief of
the function f'[x(t)] + g'[y(t)] satisfies the desired

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

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

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



10 the main axis and the sound source, the fictitious left opening angle a, the fictitious right opening
angle 13, the attenuations k or else p for the generféi]on of the resulting stereo signal or, resulting
therefrom, the gain factor p* of FIG. 1B for normalizing the left and 15 right channel, resulting from the
MS matrixing or from another arrangement according to the invention, on the unit circle (in this case 1,
for example, corresponds to the maximum level of 0 dB which has been normalized by using p*, where
X(t) is the left output signal 20 resulting from this normalization and y(t) is the right output signal

resulting from this norma 'ﬁa%r‘t))é)é&k{u]e gﬁageﬁ %fgz?gfeé?técw %pf glreglélﬁng tereo signal or the gain
values for

factor a for defining the admissible range o e sum of the transfer functions of the 25
resulting outp V@GNS B r ERamPRPEI cHhplex i@ Rferduh&fths (BB)12ER() L= [x()4A/ 2] * (-1 +)
and (3B) (i[y(t)] es[p(t)4Are2] I*qtat 1)5 B0i winera, fardialo for(eesple phiesobdwing iStrue: 95 or the

limit value R* p@%_d%viﬁ QA for stigulating qidaaximizo the @Qﬁdg_ﬁ‘dv%ﬁﬁ of fhefunction values

of the sum of ﬁh.e e tr.ansf(ié unctionﬂs (where, for this s;(ri&ulation or maxjmization and for 5 the time

interval [-T, T] rk S.V\fhéefo FnMb 8%8@5%\@%@.1 Er?alg'xﬁf}? i( }’thgsfblrllgmha%r example is
true: (8aB)ORPaARMKI(BI-Sgly(t) 11 Ot @8 makIF[¢)]iffGxjlt)), esPi()elimCD ew of a
devi ce or a nethod according to WY 2009/ 138205 or

EP1850639.

Simlarly, the arrangenent just described, to
10 which the el enments bel ow may possi bly be added, can be
used as a decoder for nono signals. If ¢, f (resp. n),
a, B, A resp. presp. the localisation direction (for
exanpl e expressed by the paraneter z, which can assune
the value 0 or 1) are known, such a decoder is reduced
15 to an arrangenent according to WO2009/ 138205 or
EP1850639 or WO2011/ 009649 or WOR2011/009650.

Overall, such encoders or decoders can be used
wher ever audi o signals are recorded, transduced/
converted, transmtted or reproduced. They provide an

20 excellent alternative to nultichannel stereophonic
t echni ques.

Specific areas of application are tel econmnu-
ni cati ons (hands-free devices), global networks,
comput er systens, broadcasting and transm ssion

25 devices, particularly satellite transm ssion devices,
pr of essi onal audi o technol ogy, television, film and
broadcasti ng and al so el ectroni ¢ consuner goods.

The invention is also of particular inportance
in connection with the obtaining of stable FM stereo
30 signals under bad reception conditions (for exanple in
autonobiles). In this case, it is possible to achieve
st abl e stereophony by sinply using the main channe
signal (L + R as an input signal, which is the sum of
the left channel and of the right channel of the



-T + glyi(t)11 dt 15<R +Aa*11/[1 - (1 - a2) * sin2 arg {f8[x(t)] -T + g*[y(t)1111 dt) 20 or the
localisation direction of the reproduced sound sources, for example by determining the corresponding
guadrants for the function values of the sum, determined for example according to FIG. 6B, of the
transfer functions for the left and right channel of 25 the original stereo signal (which can be optimized
for example by virtue of subsequent swapping of the resulting left resp. right channel, see above), or
the limit value S* or the deviation E (for which, by way of example, it must be true that 96 or the limit

value U* or th%pfa&raﬂgp |<S l%pé( i QR yyay %%(agbﬁjr'ﬁ |ép‘gj$6pe ;H’(? tllegfh OeB)QHlJ): KffIx(t)] +

gly(t)] dtUP deter INning resp izing the im of the stereo signal to

be attained. In‘%ﬂ%ﬁ@%e ?h@%"éult(l% s’t‘er&ph&‘ﬂb‘?ﬁhétﬁ)nt\nﬁcﬁ%Hbgﬁstgﬁt in respect of the FM
signal. 10In thisusegeatobj itds additionahy padsitriaed use qniot be doafipresbianraddordhms, data

reduction methegs %rr'ih@ analysis of g@argp%gm feafres, syclpas the yinimng gpnd maxima, in order
tospeedgptcase in order to forma useable S signal resp. in order

to determ ne or optimze the paraneters f (resp. n),
whi ch describe the directional pattern of the signa
that is to be rendered stereophonic, the angle ¢ — to
be ascertained nmanual ly or by metrol ogy — encl osed by

10 the main axis and the sound source, the fictitious |eft
opening angle o, the fictitious right opening angle B,
the attenuations A or else p for the generation of the
resulting stereo signal or, resulting therefrom the
gain factor p  of FIG 1B for normalizing the left and

15 right channel, resulting fromthe Ms matri xing or from
anot her arrangenent according to the invention, on the
unit circle (in this case 1, for exanple, corresponds
to the maxi mum |l evel of O dB which has been nornalized
by using p, where x(t) is the left output signal

20 resulting fromthis normalization and y(t) is the right
out put signal resulting fromthis normalization) or the
degree of correlation r of the resulting stereo signa
or the gain factor a for defining the adm ssible range
of values for the sumof the transfer functions of the

25 resulting output signals (for exanple the conplex
transfer functions

(2B) f[x(t)] [x(t)/N2] * (-1 +i)

and

[y(t)/N2] * (1 +1i),

(3B) g'ly(t)]

30 where, for 0 £ a £ 1, for example, the following is

true:

(4aB)  RAfx(t] + gly(t)]} * Va* + Intf x(t] + gy(t)]} < 1)



evaluation of existing or obtained signals or signal 15 components. In each embodiment and in
each figure resp. each element, the circuits, conveé rs, arrangements or logic elements described can
be implemented for example by equivalent software programs and programmed 20 processors or DSP
or FPGA solutions. 97 List of symbols used y (phi)angle of incidence a (alpha)left fictitious opening
angle 0 (beta)right fictitious opening angle kattenuation for the left input signal attenuation for the right
input signal The attenuations k and p can be used to adjust the degree of correlation of the stereo

signal. h Par B13 La, Lp olar angle, polar distanee, which deseribes thg,
stipulating or maxi m zi ng the absol ute val ue of the
function values of the sumof these transfer functions
(where, for this stipulation or maxi m zation and for
5 the tinme interval [-T, T] resp. the total nunber of
possi bl e out put signals x;(t), y;(t), the follow ng for
exanple is true:

T
(8aB) 0 < R - A <[ |f[x(t)] + g'[y(t)]l dt
10 -T
T
<Smax [ ETG(0) ] {FTIx()], g [yj(t)]} e @
-T
+ g yj(t)] dt
15 <R + A
T
< Ja* {1 /AN[1- (1 -a% *sin?arg {f[x(t)]
-T

+ g’ [y(t)1}1} dt)

20 or the localisation direction of the reproduced sound
sources, for exanple by determ ning the correspondi ng
quadrants for the function values of the sum
determi ned for exanple according to FIG 6B, of the
transfer functions for the left and right channel of

25 the original stereo signal (which can be optim zed for
exanpl e by virtue of subsequent swapping of the
resulting left resp. right channel, see above), or the
limt value S* or the deviation ¢ (for which, by way of
exanple, it nust be true that

30 (9B) 0< S- e<nmax R IFX(t)] +gy(t)] | <S+e<1)



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 righégignal component of the S signal x(t)left output
signal y(t)right output signal flx(t)Jcomplex transfer tunction gly(t)Jcomplex transfer function 98 degree
of correlation, derived from the short-time cross correlation limit value for the loudness of the resulting
output signals x(t), y(t) deviation 1st limit value for the image width of the resulting output signals x(t),
y(t) deviation 2nd limit value for the image width of the resulting output signals x(t), y(t)

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

T
(10B) 0 < U- k <Jf'x(t)] + gy(t)] dt < U+ «),
5 -T

all for determning resp. optimzing the inage
wi dth of the stereo signal to be attained. In any case,
the result is stereophonic function which is constant
in respect of the FM signal.

10 In this case too, it is additionally possible
to use prior art conpression algorithns, data reduction
nmet hods or the analysis of characteristic features,
such as the minima and naxinma, in order to speed up the
eval uation of existing or obtained signals or signa

15 conponents.

In each enbodi ment and in each figure resp
each elenent, the circuits, converters, arrangenents or
| ogi c el enents descri bed can be inplenented for exanple
by equi val ent software prograns and progranmed
20 processors or DSP or FPGA sol utions.



deviation CH01264/10 resp. PCT/EP2011/063322, at the time of the present application, have not
been published. Hereinafter, their contents will the;%e;ore be reproduced in full for a better
understanding of the following examples of application of the present invention: 10CH01264/10 resp.
PCT/EP2011/063322 also relate to signals (for example audio signals) and devices or methods for
generating, transmitting, processing, converting and reproducing them - and relate in particular to a
method and a device or a system 15 allowing conclusions to be drawn on the basis of any mapping or
mappings of one or more signals or aIE%Je‘ aocronglsj %qréoh %rabinations of two or more signals. In
the exemplary case of a stereophonic audio signal x(t), 99 y(t), where x(t) represents the function
value of the left input signal at the point in time t, y(t) represents the function value of the right input
signal at the point ip.time t, it is ible 1@ opserve far 5 example the sum of the transfer functions
c[K(®)] = [x(t)/A§ ;‘;W +1) eg(t)%% ! t /é? Z]P*?ﬁ ?1' 48 %ﬂfo% in order to be able to draw conclusions as to
the properties of the signals. These conclusions should be reachable in particular on the basis of
common prop8'1rti{a"éﬁ %@g 15 digeereteﬁt ibﬁ&l'stthgygp&%?% bd c%rtl%lgtely random (such as for

example audio s?nals). Methods so far have attempted - with comparably great difficulty - to

simulate this rEn&&®izkion prinip@¥nd tritisi hhRe'st LRRENAINBGYfals being

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

Po, Pg gain factor for a resp. B

Lo, Lg time difference for a resp. B

Sy sinmul ated | eft signal conmponent of the
S si gnal

Sp sinmul ated right signal conponent of the
S si gnal

x(t) | eft output signa

y(t) ri ght output signal

fx(t)] conpl ex transfer function

g [y(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)



20 analyzed. For example in the case of DAB (Digital Audio Broadcasting), a Gaussian process is
simulated with a so-called Tapped Delay Line mod én r a Monte Carlo method (colored, complex
Gaussian noise in two dimensions) is also used fo e simulation of the 25 mobile radio channel.
Altogether, it can be said about the state of the art that algebraic invariants so far, given the Jack of
corresponding basis, have never been used for analyzing or optimizing sound events or similar
30processes. Although it has been generally presumed for over 100 years since David Hilbert's
groundbreaking work on algebraic invariants that such algebraic invariants exist in particular for
Gaussian prodesses 100 (an irdiggHieglapforeidicbighbR), it desinesdr steresshgly proven.

Not only do CH01264/10 resp. RShidEP20iL 963332 Slerapnsiiaie isoah algebraic invariants, the latter
are 5 thus made practically usable commercially for signal technology, for example for calibrating

devices or meggiods for obtaining, jifpfoviRg ggop@miztirpgésqeémc 1 p§¢+édostereophonic audio

signals. In CH01264/10 res PCT/EP2011/063322, ne 10 first a zes a combination f(t)
or several combinations fa-(t), fz- t(t') %gaf’llétagyfwc?élgﬁg slff 5 (t)¥ esp. of their transfer
A deviation
ot 1t linmit value for the image width of

the resulting output signals x(t), y(t)
€ devi ati on

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

K devi ati on

CH01264/ 10 resp. PCT/ EP2011/063322, at the tinme
5 of the present application, have not been publi shed.
Herei nafter, their contents will therefore be
reproduced in full for a better understandi ng of the
foll ow ng exanpl es of application of the present
i nvention:

10 CHO01264/ 10 resp. PCT/EP2011/063322 al so rel ate
to signals (for exanple audi o signals) and devices or
net hods for generating, transmtting, processing,
converting and reproducing them— and relate in
particular to a nethod and a device or a system

15 allow ng conclusions to be drawn on the basis of any
mappi ng or nappi ngs of one or nore signals or also of a
conbi nation or conbinations of two or nore signals. In
the exenplary case of a stereophonic audio signal x(t),



functions t2(s2(t)), tz(s2(t)),tm(sm(t)) - or also the freely definable function f2#(t) or the freely
15definable functions f2*(t), fz#(t),f(t) of one signal s#(t) or several signals s2*(t), s2*(t), 5Q(t) - on the
complex number plane resp. their projection on thé9 elief defined by the norm of all points of the
complex number plane (the standard cone 20 whose tip lies in the origin of the complex number plane
and whose axis of symmetry is perpendicular to the complex number plane). The real axis, the
imaginary axis and the axis of symmetry of the cone are henceforth represented as a 25 Cartesian

coordinate sy wit rdinates ( T in,t peqin e e circle yields
the cone equ%@pﬂ,z%gg? - ﬁg{e)io)f]eﬁgeég)n}es& %rc%?edﬁ(tzig%t@ [?% %?Z(ij;% 1PV\F/](§1 cone 30
equations are n®W ahdlPred: I dNghoat 1hg PQINE bH (1 /@8) ¥ x3¥ 0 S = afm2 := 1 *x12 + | *
x22 - (1/gf2)2 =epr As &nbwni bee invacibinbdis thas aladf .=t hé 1l ght2 + (IpgR) *s{lghals Both cones

S, Sfare non gelaf {d1198) Al/g'A=t3me t, it is possible to observe for
5 exanple the sumof the transfer functions

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

g'ly(t)] = [y(t)/N2] * (1 +1i)
10
in order to be able to draw concl usions as to the

properties of the signals.

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

Met hods so far have attenpted — with conparably
great difficulty — to simulate this random zati on
principle and thus nmake it useful for the signals being

20 analyzed. For exanple in the case of DAB (Digital Audio
Broadcasting), a Gaussian process is sinulated with a
so-cal l ed Tapped Del ay Line nodel or a Monte Carlo
nmet hod (col ored, conpl ex Gaussian noise in two
di mensions) is also used for the sinmulation of the

25 nobile radi o channel.

Al together, it can be said about the state of
the art that al gebraic invariants so far, given the
| ack of correspondi ng basis, have never been used for
anal yzing or optim zing sound events or simlar
30 processes.

Al though it has been generally presumed for
over 100 years since David Hilbert’s groundbreaki ng
wor k on al gebraic invariants that such al gebraic
invariants exist in particular for Gaussian processes



S is then inscribed harmonically in Sf. If, for example, one analyzes the above combination f(t)
or several combinations f2-(t), 10f2-(b),f(t) of two qgr more signals s2(X), sz(t), 5m(t) resp. of their
transfer functions t2(s2(t)), t2(s2(t)),Xm(sm(X)) fortwo time intervals tl, tz - or also the freely definable
function f4(t) or the freely definable functions fg*(t), fz#(t),f(t) of 150ne signal s#(t) or of several signals
s2*(X), s?(t), s2(X) for two time intervals tl, t2 - as well as the functions S, S' and Z' with x,ua,2Aful2 +
Bfu22 + Cfu22 + 2Ffu2u3 + 2Gfu2u2 + 2Hfulu2 20=1*012 + 1 * 022 + (1/gf")1132 +2* 1 u2u3 + 2 *
1*u3u1+2* Th wing. is f + cGf + 29Gf + 2hHf = 0,
Jr finedpipwing, éri‘u‘@ 0 (sl ) (%qﬁﬁg ,,,HBt \A%% hélidr

25and S and ou d %e non polar: 1*1 +
success ul ly proven

Not only do CH01264/ 10 resp. PCT/EP2011/ 063322
denonstrate such algebraic invariants, the latter are
5 +thus nade practically usable commercially for signa
technol ogy, for exanple for calibrating devices or
nmet hods for obtaining, inproving or optimzing
st er eophoni ¢ or pseudost er eophoni ¢ audi o si gnal s.

I n CH01264/ 10 resp. PCT/ EP2011/ 063322, one
10 first analyzes a conbination f“(t) or several
conbi nations fi°(t), fo°(t), ..., fp°(t) of at |east two
signals si(t), s2(t), ..., sp{t) resp. of their transfer
functions ty(si(t)), ta(s2t)), ..., toset)) — or also
the freely definable function f,*(t) or the freely
15 definable functions f *(t), f.°(t), ..., f,/%(t) of one
signal s*(t) or several signals si"(t), s, (t), ...,
so’(t) — on the conpl ex nunber plane resp. their
projection on the relief defined by the normof all
poi nts of the conpl ex nunber plane (the standard cone
20 whose tip lies in the origin of the conplex number
pl ane and whose axis of symetry is perpendicular to
t he conpl ex nunber plane).

The real axis, the imaginary axis and the axis
of symmetry of the cone are henceforth represented as a
25 Cartesian coordinate systemw th coordi nates (X1, Xz,
X3). The change in the opening angle of the circle
yi el ds the cone equati on

X12 + X2 — (1/g°% * x3 =0

resp. the coefficients [1 1 -1/g'?]. Two cone
30 equations are now anal yzed:

S:z=al:=1*x?+1*x2-(Ug) *x£ =0



(1/g2) * (1/g"2) = 2.

ﬁa *x12 + 1 * x221 * x320 thus

x12+1* x22 -2*x32 = 0

10

15

20

25

and

S izal:i=1*x2+1*x2—-(1Ug? * x2 =0.
As known, one invariant is thus

ap?:=1* 12+ 1 * 12 - (1/g® * (1/g %).
Both cones S, S are non polar if

(g% * (1g? =2
S is then inscribed harnonically in S .

If, for exanple, one analyzes the above

conmbi nation f"(t) or several conbinations f;7(t),
foo(t), ..., fp°(t) of two or nore signals si(t), so(t),

., Su{t) resp. of their transfer functions ti(si(t)),
tao(s2(t)), ..., to{set)) for two tine intervals t,, t, -
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 s;*(t), s, (t),

., So'(t) for two time intervals ty, t, — as well as
the functions S, S’ and )’ with

S/ = up?i= Au? + Bu? + Cus2 + 2F usus
2G uzu; + 2H uiuz

1* u2+1* u?+ (1/g'? *ug®+2*1
¥ Upuz + 2 * 1 * ugup + 2 * 1 * uiup

0.

+

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

1*1+1*1-(1g») *(1/g’'% =0

Thus, provided g' =" =1 and g = 1/A/2 applies, the non-polarity of S with S'
and Z'is 5 ensured. Considering the standard cong

simultaneously enables the identical vanishing inv]a(? nts relative analysisto Sof 10resp.S=1*



Z'=1%*ul2+1* u22 +1*u32 + 2 * 1 * u2u3
102

or
(/g% * (1g'? =2
Thus, provided g’ = g’’ =1 and g = 1/V2
applies, the non-polarity of S with S’ and }’ 1is
5 ensured.
Consi dering the standard cone

S =1 * x2+1* x2—-1%* x32=0

t hus si nmul t aneously enabl es the anal ysis of
i dentical vanishing invariants relative to S

|
o

10 S=1%* x2+1* X2 - 2% x32
resp.

Z'=1*L’l12+1*U22+1*U32+2*1*U2U3
1 * ugug + 2 * 1 * uqUs

+
N
*

15 The relation
ag?:=1* 12+ 1* 12 -2 * 12 =0
is thus linear in the coefficients of the equations
S=1*x2+1*x%-2%*x32 =0
and

20 Z'=1*L’l12+1*U22+1*U32+2*1*U2U3
+ 2 * 1 * uzup + 2 * 1 * uu,



+2*1*u3ul+2 * 1*T1u2 =0.
103

According to Hil bert’s fanmous theorem on
invariants (Hi |l bert, page 291, 8§ 2), in our system the
| i near conbi nation

0o[1, 01, -2] *[1, 1, -1]% +
5 ®[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~(t,), considered on the plane spanned by the vectors
(1, 1, -2) and (1, 1, 1), &and &, correspond to an
10 infinite nunber of invariants of S and S resp. of S
and '.

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

15 -x12 - x22 + (1/ g * xs

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

S

a’ 1= -1* x12 - 1* x2+ (1/g% * x3° =0
and

20 S r=ai=-1%x%- 1% %%+ (1/g?% * xg

It is well known that one invariant is thus:

aaY2 = o] * (_1)2 -1 % (_1)2 + (1/92) *
(179 %.

25 Both cones S, S are non polar if



15 Therelationda,2:=1*12+1*12 2 * 12 =0is thus linear in the coefficients of the equations S =

1*212+1*222-2*x32=0and20Z'=1*ul2+1*u22+1*u32+2*1*u2u3+2*1*u3ul +2*
1*Tlu2=0. 103 According to Hilbert's fan]I8 s theorem on invariants (Hilbert, page 291, 2), in
our system, the linear combination

(Ugh * (Ug?h =2
S is then inscribed harnonically in S .

If, for exanple, one analyzes the above
conmbi nation f"(t) or several conbinations f;7(t),
5 f2°(t), ..., fp°(t) or two or nore signals si(t), s»(t),
., Su{t) resp. of their transfer functions ti(si(t)),
tao(s2(t)), ..., to{sn(t)) for two tine intervals t,, t, -
or also the freely definable function f*(t) or the
freely definable functions f,*(t), f.*(t), ..., f(t) of
10 one signal s*(t) or of several signals si(t), s,*(t),
., So'(t) for two time intervals ty, t, — as well as
the functions S, S’ and )’ with

S/ = up?i= Au? + Bu? + Cus2 + 2F usus
2G uszuy + 2H ujup

1* u?+ 1% u?+ (g% *us® +2*1
UUz + 2 * 1 * usup + 2% 1% uu

0.

+

15

The follow ng is true
aA + bB + cC + 2fF + 29G + 2hH = 0,
20 and S and ' should be non polar:
-1 *1-1*1+(1g%) *(1/g’'?% =0
or
(1/g%) * (Ug’? =2
Thus, again provided g’ = g’’ =1 and g = 1/V2
25 applies, the non-polarity of S with S’ and '/ is

ensur ed.

Consi dering the standard cone



0[1,1,-2]*[1,1,-1]2+5011, 1,-2] *[1, 1, 112 = 0 in turn represents an invariant. Thus, for example,
any piercing straight lines of ff-(t1) and fH(t2), coni@qsered on the plane spanned by the vectors (1, 1,
-2) and (1, 1, 1), Oand 4, correspond to an 10 infinite"number of invariants of S and S' resp. of S and
Z. When considering the standard cone reflected on the complex number plane, the change of
opening angle of the cone yields the cone equation 15-x.12 - X22(l/g) resp. the coefficients [-1 -1
1/9222]. Two cone equations are then considered: S := a22 :=-1*x12 - 1 * x22 + (1/g2)0 and 20S' :=-
-1*x12 - 1*&&+(Ug)-0lu well known that qpe invariant js thus:p2a,2 ;= -1 * (-1)2-1*
(-1)2(1/g2) * 104 (1/g2) * W@)% % - R JF ¢

t hus si nmul t aneously enabl es the consi deration
of identical vanishing invariants relative to S

S=-1%*x-1%*x"+2%x8® =0
5 resp.
Z'=1*L’l12+1*U22+1*U32+2*1*U2U3
+ 2 * 1 * uzu;p + 2 * 1 * uu
The relation

10 a2 :=-1* (-1)2-1* (-1)%2 + 2 * 12
=-1*1-1*1+2*1=0

is thus linear in the coefficients of the equations

S=-1* x2-1%* x2+2*x32 =0
and
15 Y= 1or w4+l u® 41 Fous® + 2% 1% UUs
+ 2 * 1 * uzup + 2 * 1 * uu,
= 0.

According to Hlbert’s theoremon invariants
(Hi | bert, page 291, 8 2), in our system the linear
20 conbination

0o[-1, -1, 2] * [-1, -1, 1]% +
®[-1, -1, 2] *[1, 1, 1]1? =0

in turn represents an invariant. Thus, for
exanpl e, any piercing straight lines of f~(t;) and
25 f~°(t,), considered on the plane spanned by the vectors



S is then inscribed harmonically in S'. If, for example, one analyzes the above combination f(t) or
several combinations f2-(t), f2-(t),fm-(t) or two or maqre signals s2(X), sz(t), 5m(t) resp. of their
transfer functions t2(s2(t)), t2(s2(t)),Xm(sm(X)) fortwo time intervals tl, tz - or also the freely definable
function f4(t) or the freely definable functions fg*(t), fz#(t),f(t) of 10one signal s#(t) or of several signals
s2*(X), s?(t), s2(X) for two time intervals tl, t2 - as well as the functions S, S' and Z' with x,u.3'2Aful2 +
Bfu22 T Hfu22 + 2Ffu2u2 + 2Gfu2u2 + 2Hfulu2 15=1*ul2 + | * u22 + (llg +2*1u2u3+2*1*

udul +2*1*ul+12 = 0 e following is,tru F f+ 2hHf =0, 20
and Sand Z' s¢10£1d be’ no1ré1 ollm& fri Sl %1)+ (fi %]9&% %%(g or 1/q IlE; Z%? Thus,
again provided §f £ n'-tfaHH@j‘erl//Q/fZ Zﬁ‘aﬁﬁlle%nﬂ‘?e Rén ﬁgof%i?ﬁiy of Srv(ﬁ?rPS ' is ensured.

and >'.

Al'l conbinatory possibilities for the situation
5 of S, S’ and ), as can easily be seen, are exhausted

in ternms of the result in the sanme pl ane.

The practical application of this fact in
signal technology allows for exanple the analysis of a
conmbi nation f "(t) or of several conbinations f;°(t),

10 fo°(t), ..., fp°(t) of at least two signals si(t),
so(t), ..., sp{t) resp. of their transfer functions
ti(sa(t)), ta(s2(t)), ..., tu{st)) — or also of the
freely definable function f#(t) or the freely definable
functions fi*(t), f.°(t), ..., f,(t) of one signal s*(t)

15 or of several signals si*(t), s,*(t), ..., sg'(t) by

determining said invariants. Doing this enables the
function of this conbination f~(t) or of these
conbi nations fi°(t), fo°(t), ..., fp°(t) of at |least two
signals si(t), s2(t), ..., sp{t) resp. of their transfer
20 functions ti(si(t)), ta(s2t)), ..., tu{s{t)) — 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 s;*(t), s,*(t), ...,
so’(t) for exanple on the conplex nunber plane — the x;
25 axis then coincides for exanple with the real axis, the
X, axis then coincides for exanple with the inmaginary
axi s — and subsequently enabl es the piercing points of
these functions in the present exanple with the plane
spanned by the vectors (1, 1, -2) und (1, 1, 1) or (-1,
30 -1, 2) and (1, 1, 1) to be analyzed and whi ch now
constitute absolutely or also in terns of their
statistical distribution precise reference points for
further analysis, processing or optim zation. For
exanpl e, according to WO2011/ 009649 or al so
35 WO2011/ 009650, an optim zati on of pseudostereophonic
audi o signals can be carried out and subsequently the



Considering the standard cone 105 s1 * x121 * x22 + 1 * x320
consideration of identical vanishing invariants relaéi toSS=-1*2121*x22y2*x32resp.Z'=1*
ul2+1*u22+1*u32+2*1*u2u3+2*1*Ju ?f?

(-1)2-1*(-1)2+2*12=-1*1-1*1+2*1=0isthus linear in the coefficients of the equations S =
S1*x22-1*X22+2*X32=0and 15Z"'=1*ul2 +1*u22+1*u32+2*1*u2u3 +2*1* Judi]) +

2*1*uluz=0

10

15

20

25

30

pi ercing points of the sumof the transfer functions
FrIx(t)] = [x(t)/¥2] * (-1 +i) and g'[y(t)] =
[y(t)/V2] * (1 + i), see further below, with the plane
spanned by the vectors (1, 1, -2) and (1, 1, 1) or (-1,
-1, 2) and (1, 1, 1) can be determ ned. \Wen these

pi ercing points are weighted by using an appropriate
net hod, see the detailed description, it will result in
par anet eri zati ons accordi ng WO2011/ 009649 or al so
W0o2011/ 009650, which prove particul arly advant ageous
for the audi o signals being anal yzed.

According to one aspect, it is recomrended
practice to use (inherently known) conpression
al gorithnms or data reduction nethods or to anal yze
characteristic features such as the mninma or naxinm
for the signals or transfer functions or conbinations
or functions being anal yzed, for the purpose of
speedi ng up the evaluation thereof in accordance with
t he i nventi on.

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

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

FIG 2C shows the functions S (2001), S (2002)
and )’ (2003) as well as the plane 2004 spanned by the

thus simultaneously enables the

+2*1*ull2 =0. The relation 10 aa[2 := -1 *



According to Hilbert's theorem on invariants (Hilbert, page 291, 2), in our system, the linear 20
combination0[-1,-1,2]*[-1,-1,112+0[-1, -1, ﬂ* [1, 1, 112 = 0 in turn represents an invariant.
Thus, for example, any piercing straight lines of fzj( and 25 f2(t2), considered on the plane spanned
by the vectors 106 (-1, -1, 2) und (1, 1, 1), 1and 4, correspond to an infinite number of invariants of S
and S'resp. of S and Z'. All combinatory possibilities for the situation 5 of S, S' and Z', as can
easily be seen, are exhausted in terms of the result in the same plane. The practical application

of this fact in signal ogy, allows far example the gRalysj : ipati r of several
combinations }Z-ét)féf(%.-t,fm-l(t) of tléa@(t o’sig'rln’algllzr(t),;E‘\)SHZ?[’;",@nq’lﬁzg1 ?e@%.%%t Eﬁtransfer functions
t1(s2(t)), t2(s2¢PRRSTH(®) L oY alstPofitfie freely déffhable fifittion 4 (t oPthe freely @8finable
fur_lct_ions f.2*(i) piz#(tﬁ:ﬁ(t_) dfraor@ sigﬂalrs#r(s_riéocbri o;f_eseoératl_ Is'cg_nbﬂé ety s2rt(t) p§j(t) by determining
said invariants. fRoig e spaRgsHEe dypion,0f tisromyinaion fO &L rses and
5 2007 show the planes defined by the Cartesian
coordi nate system x; = Ui, X2 = Uy, X3 = Us.

FIG 3C shows the functions S (2001), S (2002)
and )’ (2003) as well as the plane 2004 spanned 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 ' are
| ocated, |ikew se fromthe perspective of the 1%
quadrant of the correspondi ng conpl ex nunber plane.
2005, 2006 and 2007 show the planes defined by the
Cartesian coordi nate system x; = u;, X2 = Uz, X3 = Ugz.

15 FIG 4C shows the functions S (2001), S (2002)
and )’ (2003) as well as the plane 2004 spanned by the
vectors (1, 1, -2) and (1, 1, 1), on which the sought
algebraic invariants of S and S’ resp. of S and )’ are
| ocated, fromthe perspective of the 4'" quadrant of

20 the correspondi ng conpl ex nunber plane. 2005, 2006 and
2007 show the planes defined by the Cartesian
coordi nate system x; = Ui, X2 = Uy, X3 = Us.

The practical -commercial application of the
al gebraic invariants just devel oped covers nearly the
25 entire signal processing field. The stochastic analysis
of audio signals, as known for exanple fromthe field
of digital audio broadcasting (DAB), is of particular
interest; in that field, so far, for the sinulation of
Gaussi an processes, techni ques such as the so-called
30 Tapped Del ay Line nodel or Monte Carl o nethods
(col ored, conplex Gaussian noise in two di nensions)
wer e used, see bibliographical references. The transfer
of the operating principles applied there for
stabilizing optim zation processes, such as descri bed



combinations f2-(t), fz-(t),fm-(t) of at least two signals si(t), s2(t),s(t) resp. of their transfer 20functions
t1(s2(t)), t2(s2(t)),tm(sm(t)) - or also the freely defipable function f4(t) or the freely definable functions
f)*(t), fz#(t),f(t) of one signal s#(t) or of several si S S))*(t), s?(t), 5Q(t) for example on the complex
number plane - the xl 25 axis then coincides for example with the real axis, the 22 axis then coincides
for example with the imaginary axis - and subsequently enables the piercing points of these functions
in the present example with the plane spanned by the vectors (1, 1, -2) und (1, 1, 1) or (-1, 30-1, 2)

and (1, 1, 1) to He\ﬁbgb/ffp@é@ﬁ\gaich aorb%it%gg%o\l}gglyé)r ?iq irhtg{m§ é)rfyweir statistical
refe r

distribution precise rence points'for further analysis, processing or optimization. For example,
according to VE620L1/608649'0PAREE50R02011/009650, an optimization of pseudostereophonic
audio signals can be carried out and subsequently the 107 piercing points of the sum of the transfer

functions fk[x(t)] = [X(t)/AQRAl % (& Haand BLYHhz [M(tyg\ég} * g Pé’)msgpéurther below, with the plane
spanned by the vectorsé%/\,?l, %Zeeand (%S,ql, 1) or (-1, 5-1 cap be determined. When
gight

ﬁ) and ( ]éta

these piercing';ﬂ)\fl’?t@,'aq1 d'tﬁ/ u H‘& ﬁrap?)%ﬁrﬁ ‘?‘nétﬂog,e ed'the Qtailed description, it will
result in parang@fzatoris agiogiingW02611/00064@ or also W02011/009650, which prove
particularly advantageous 10 for the audio signals being analyzed.

For this purpose, a first optimzation
according to WO2011/ 009650, FIG 1B, 2B, 3B to 5B, is
performed on a signal section of the length t;. The
outputs of FIG 5B are connected for exanple to a

10 nodul e 6001 according to FIG 6C and the invariants
(constituted at the intersection points &,of the sum
of the conplex transfer functions f'[x(t1)] =
[x(t)/V2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1
+ 1) with the half-plane spanned by the vectors (1, 1,

15 -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and
| ocated in the 15 or also 3'% quadrants of the conpl ex
nunber plane — the axis of x;, u; of the represented
al gebrai c nodel coincides here with the real axis, the
axis Xz, U with the inmaginary axis) are analyzed in

20 terns of their statistical distribution. Al &, from
the total nunber k; are stored in a nmenory (“stack”)
valid for all further described operation sequences;

t he mean val ue

ki
25 E1=(X &)l ki
h]_ =1

is likewi se calculated. The latter is stored together
with the paraneterization ¢, fi1 (resp. ni), a1, B,
determ ned by neans of said first optimzation, in a

30 further dictionary valid for all further described
operation sequences.

According to the function conmand 6004, in a
second step a second optim zation according to



According to one aspect, it is recommended practice to use (inherently known) compression
algorithms or data reduction methods or to analyzia ﬂ:aracteristic features such as the minima or
maxima 15 for the signals or transfer functions or 5 binations or functions being analyzed, for the
purpose of speeding up the evaluation thereof in accordance with the invention. 20The algebraic
principles of the present invention will first be explained with the aid of Figures 1C to 4C. FIG.
1C shows the non-polarity constraint for S and S' resp. S and Z'. Reference number 1001 25lllustrates

that for S and M(C)P ?)?fi%@bf'( 3 4002 dlustrate repand Z', e%s&df -(gy). The
intersection point 1 Oij of 1001 \’Ni?ﬁ_)lltéie d?a%’or?g?’oft %alltszt)0 %ﬂrﬁn%lt(%%ﬁllustratg}sft e coinciding of
S and S, the iRfer8e &l BInSE668 836 2001 AW 1062 8iLBtraER&h8YoRYhEn®-polarity constraint
itself; g' = g" =F1 Gan BB raad directlyir h0Bgactors (hrigcReand (1,t1h4) naduhehtbelsought
algebraic invaggapisi{e pAY & 18R of i detlagated, frag hRRGrsReAtVEPf the 1St quadrant
of the corEespondin% co pﬁx number Béan . 2005, 2006 and 5 2007,show the planes defined by the
Cartesian coodehé‘t Ssygl% xf—%ﬁf’ 21,218 :CB§P ex tl’—rléq%:eéh WO RR2tions S (2001),
S' (2002) and 7' [(2G13) &s welstthe pladle 2004 dpanried Bnthevéotbield, = -2) and (1, 1, 1), on
which the soughy 10 plgelrpic-inyariants)of /g amd Sheesparf Spnghé arpdecrigd pikewise from the
perspective Ofttﬂg 1\§éct ors (1, 1, -2) and (1, 1, 1) or also (-1, -1,
2) and (1, 1, 1) and located in the 1% or also 3@
10 quadrants of the conplex nunber plane — the axis of xj,
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. All &, fromthe total nunber k, are
15 stored in a nenory (“stack”) valid for all further
descri bed operati on sequences; the nmean val ue

ka
E2:= (X &)/ ke
h2=1

20 is likewi se calculated. The latter is in turn again
added together with the paraneterization ¢, f2 (resp.
ny), oz P2, determ ned by neans of said second
optim zation, to the first nean value &;as well as its
paraneteri zation ¢;, f1 (resp. ni), ay, P1, in the

25 dictionary valid for all further described operation
sequences. Since the nenory (“stack”) now contains nore
t han one nean val ue, the nodule 6002 of FIG 6C is then
activated.

The latter calcul ates the nean val ue &*, of all
30 intersection points &y, &2 stored in the stack:

k1 Ko

E2:= (X &m + X &)/ ( kit k)
h1=1 h2:1



guadrant of the corresponding complex number plane. 2005, 2006 and 2007 show the planes defined
by the Cartesian coordinate system x| = 411, x2 n];@ x3 = u3. 15FIG. 4C shows the functions S
(2001), S' (2002) and Z' (2003) as well as the pla 004 spanned by the 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, from the
perspective of the 4th quadrant of 20 the corresponding complex number plane. 2005, 2006 and 2007
show the planes defined by the Cartesian coordinate system x| = ul, x2 = u2, x3 = u3. The

practical- comrgﬁﬁzl & ¥£ gthr} (afrﬁhfel,?ég%l?ré]{q 'BHaoth?q rlrllléj{éjetv @pﬁg VeL3 ﬂ%%rly the 25 entire

signal processing field. The stochastic analysis of au S as nown or example from the field of

digital audio béoaéca%br(DWFS' fs (ﬁ%%?ﬁé@éﬁﬂté?@é@%fh%’[ KigRf s8%at s B mulation of
Gaussian procesisas, tecbsigsies tsach*as thef sd-balted 30 Tapped BxldpLineanbdefearMonte Carlo

methods (colo\r,%qi l%)gnp Gausgian NOise 'nttM\@ dErensians iwese iusgd pseerbibliographical
references. transfer he opérating princi pplied there fo stablllzm optinization processes,
such as d&scrided®Ro9 nﬁo)\No%llél 9% r\/\fg%%(fa ?oﬂgé&/éﬁl J&/&I ﬁ&%gr)y effi t in practice.
On the basis dfelaé predent afiribegit eavdriaems, titie hbwaiviep pakyibiestotdime for 5 example a
weighting as follys; iaritig R%@@%@Yfiw pﬁtir&igati@n BReonLIeVEZ0314909650, FIG. 1B, 2B,

3B to 5B, is p% 38%3 636‘f’grfal S{agtrlon ge ngiw,]%)h Th(I; Ot%Utﬁé)f FIG fBeare connected for

example to a and the mvanants (constltu 4 at the intersection

ccord|
points 41,10f thel®eh gﬂtr@’cdrﬁﬁleﬂﬁgﬂsfbrqgﬁélﬁs kixXa2) b€ [kG2ydA ) R (11he i) and g*[y(ti)] =
[y(t1)/A/ 2) * (1 nti)ewitlakhd half-plagte, spannes] by whe vectors {1, dprlésmry (Ihd, 1) or also (-1, -1,

2)and (1, 1, 13p0dgar d devi at i on, freely selectable by the user, of
the Gauss distribution fictitiously set as zero in &*;:

£~ (22*) — (1 / (\/ (2H) * g )) * e—(1/2)*(((22*—§*2)A2)/0’\2)

If the nmean val ue sel ected by the nodul e 6002
15 of FIG 6Cis within the interval [-o0 + &%, &%+ o ],
the paraneterization selected by the nodul e 6002 of
FIG 6C according to 6010 of FIG 6C in the arrangenent
of FIG 7A resp. FIG 1B (which shows again for the sake
of clarity the anplifier 717 and the MS matrix, wherein
20 both of which are to be passed through only once) resp.
t he out puts 6006 and 6007 of FIG 1B are activated,
i kew se the outputs 6008 and 6009 of FIG 2B. The
out put 6006 of FIG 1B runs into the input 6006 of FIG
6C, the output 6007 of FIG 1B runs into the input 6007
25 of FIG 6C, the output 6008 of FIG 2B runs into the
i nput 6008 of FIG 6C and the output 6009 of FIG 2B
runs into the input 6009 of FIG 6C. Reference 6006 of
FIG 6C directly represents the output signal x(t) from
t he nodul e 6003 of FIG 6C, reference 6007 of FIG 6C
30 directly represents the output signal y(t) fromthe
nodul e 6003 of FIG 6C, 6008 of FIG 6C directly
represents the output signal Re f'[x(t)] + g'[y(t)] from
the nodul e 6003 of FIG 6C, 6009 of FIG 6C directly
represents the output signal Imf [x(t)] + g [y(t)] from
35 the nodul e 6003 of FIG 6C. These signals, in the
signal processing described above, are to be treated as



located in the 1St or also 3fli quadrants of the complex number plane - the axis of xl, ul of the
represented algebraic model coincides here With[tﬂ real axis, the axis x2, u2 with the imaginary axis)
are analyzed in 20 terms of their statistical distributioh. All 41 from the total number 142 are stored in a
memory ("stack") valid for all further described operation sequences; the mean value 2541 := (1 41)
1k1 = 1 is likewise calculated. The latter is stored together with the parameterization pi, fa (resp. nl),
al, ph determined by means of said first optimization, in a 30 further dictionary valid for all further

d ibed ti ' f ' 0 ' d st
second optmp st Shg e T 6 e L B L Cort tnem performed on a
signal section ¥9bf AnMeryth! fhe 8GtpLResr ERNSE A BSturd BgdiRicHnR%aR! 8 tRE module 6001

and the invariagpl(castitated athe mesactdn & pomts 42of the sum of the complex transfer
functions fk[x(t2)] = [x(t2)/A/ 2] * (-1 + i) and g*[y(t2)] = [Y(t2)/A/ 2] * (1 + i) with the half-plane spanned

19 quadrants of the complex T AR M s S5 6F KEt8F thE epHoOU Rl Goraic model
coincidestheredlvith e rédl aixs, ohe akidex2t b2 witht gieviddaginary-axi€paid analyzbd in terms of their
statistical distriytigng™il 42 diona the tombnumbeakRaieild geradinremesey(dtagk’) valid for all
further to WR011/ 009650, FIG 1B, 2B, 3B to 5B, on a signal
section ty of any length. The outputs of FIG 5B are in
turn connected to the nodul e 6001 of FIG 6C and the
10 invariants (constituted at the intersection points &
of the sumof the conplex transfer functions f'[x(tg)]
= [x(tg)/V2] * (-1 +i) and g'[y(ta)] = [y(ta)/V 2] *
(1 +i) with the hal f-plane spanned by the vectors (1,
1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1)
15 and located in the 1%t or also 3'% quadrants of the
conpl ex nunber plane — the axis of xj;, u; of the
represent ed al gebrai ¢ nodel coincides here with the
real axis, the axis Xy, U with the inmaginary axis) are
analyzed in ternms of their statistical distribution.
20 Al &g fromthe total nunber kq are added to &w, &,
.y &1 in a menory (“stack”) valid for all further
descri bed operati on sequences; the mean val ue

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

is |ikew se calculated. The latter is in turn added
together with the paraneterization ¢4 fq (resp. ng),
oq. Pq. determ ned by neans of said q'" optimization, to

the first nmean values &%, &, ..., &gias well as to
30 their paraneterizations ¢;, f1 (resp. ni), ay, P1; ¢z T2
(resp. n2), az B2 ...; ¢q1, fg-1 (resp. ng1), ag1, PBgu

in the dictionary valid for all further described

operati on sequences. Since the nenory (“stack”) now

contai ns nore than one nean val ue, the nodul e 6002 of
35 FIG 6Cis then activated.



described operation sequences; the mean value k2 %2 (42 )IC2 h2 = 1 20 is likewise calculated. The
latter is in turn again added together with the parameterization y2, f2 (resp. n2), a2, 132, determined
by means of said second optimization, to the first mean value i as well as its parameterization pi, fa
(resp. nl), al, pi, in the 25 dictionary valid for all further described operation sequences. Since the
memory ("stack”) now contains more than one mean value, the module 6002 of FIG. 6C is then
activated. The latter calculates the mean value 4*2 of all 30 intersection points 41, 42 stored

in the stack: k2 4*2. ::+)1li-|1]<g qja:tlpgrzlcé}]:ap%ts&eq%go%% Q)'(étliqj'@ré,,%l n.gaﬁhle mean values

41 ,4;D2 with their associated parameterization the mean value closest to 4 this is the case for
both mean valuBE 1S8R 21 &Y. & pSrantéterization phrdi GEQ.61)1 &1 b8 selected from the
dictionary. The treezht value selected from the dictionary is then transmitted together with 4*2 to the
module 6003 of FIG. 6C. The latter verifies whether the mean value selected by the module 6002 of
FIG. 6C is within the 10 interval Ho + 4*2, 4*2+ oh where 0>0 represents the standard deviation, freely
selectable by the user, of the ngss distribLh?on fictitiously é@t aszeroin4*2:f(Z)=(1((2n)*0))
* e -0/2)*@(z2*-*2)"2)/G- &) IFtiemé&an valtie elected-byttie madild 6002 ¥gofFI&.BC Is within the
Interval+ 4*2, 4*2+ 0 hy=1 h,=1 hg=1

and selects fromthe dictionary anong the nean val ues
E°,8%, ..., & wth their associated paraneterization
o, f (resp. n), a B, the nmean value closest to &*;. If
10 this is the case for different paraneterizations, the
paranet eri zati on that appears nost often in the
dictionary is selected. If several paraneterizations
appear the same nunber of tinmes, the one that exhibits
the wi dest scattering in the dictionary is sel ected,
15 i.e. the one for which the difference d — ¢ i s maxi mum
where d represents the last and ¢ the first index
nunber of the optim zation steps respectively
undergone. If this too applies to severa
paraneteri zations, the first one that appears is
20 selected. 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 paraneterizations is
selected fromthe dictionary, the very sane one resp.
its associ ated paraneterizations is retained. The mean
25 value selected fromthe dictionary is then transmtted
together with &*,to the nodul e 6003 of FIG 6C. The
| atter verifies whether the nmean val ue sel ected by the
nmodul e 6002 of FIG 6Cis within the interval [-oc + &%,
E*q+ o], where o>0 represents the standard deviation
30 freely selectable by the user at the begi nning of the
entire process illustrated here, of the Gauss
distribution fictitiously set as zero in &*;

fv(zq*) = (1 / (N(2m) ~* (;))*e—(HZ)*(((zq*—a*q)Az)/cAz)



the parameterization selected by the module 6002 of FIG. 6C according to 6010 of FIG. 6C In the
arrangement of FIG. 7A resp. FIG 1B (which shows again for the sake of chanty the amplifier 717 and
the MS matrix, wherein 20 both of which are to be'pdssed through only once) resp. the outputs 6006
and 6007 of FIG. 1B are activated, likewise the outputs 6008 and 6009 of FIG. 2B. The output 6006 of
FIG. 1B runs Into the Input 6006 of FIG. 6C, the output 6007 of FIG. 1B runs Into the Input 6007 25 of
FIG. 6C, the output 6008 of FIG. 2B runs Into the Input 6008 of FIG. 6C and the output 6009 of FIG.

Signal x() rom e moc e 6005 o IS e diereeecensd A S TIFERO0R oChichhe

output signal W) fFPth®mddtidvebH3 Bf EE. 60! 660Ebt Ere 6T directiy fepPésehlihe output
signal Re flx(tar giyé)] éranz tie orodsikd @002 df BYG .16, 60DUOEFIGGL diredtlyGepbs3ents the

orocessing desciioet tbas Bre s e oo s L1 T ey T als of FIG

5B, whic Withi%é.e&?thé\éﬁ’(% tit&8Pin tﬁ?éeex%%;ﬁé'to? aBBf?céat%ﬂ, a%ég) ep %roatgglE%nit. If the méan

value selectecBy eifeemaeitiievedEs df FKEWsSes blssidithelinter6@08o ank A6POCH 1, in a gth

step a cithoptimizatiopeis periaempd ecorling i WAZ3A(A0R$50n fife s1BnéB o3 B8, on a signal

section tg of any Iglq,_t? 'g o#g)fug %fn'éleGé_&) reo'p tlgrrhco% C&S%it%th | rrnggHe 6001 of FIG. 6C
nts (c the

and the 10 invaria onstituted at the intersection points 4, o sum of the complex transfer

functions fK[x(fSPE BAEW A AFq-Putipahd SHYRE! =ith)/r oM the iTRAK e BEPDlane spanned
by the vactorsdfl, E] @) abG, (1r &f &y @maleo ¢1071,0%) drd3d 1, CLyilb ewdllgcated in the 1st or also

3thi quadfamsr%fﬁﬁs&é?m@@f ALMB&E Eilgt:‘(gs‘u ﬁé}XiX?eft;&’ v Ghe e piRANted gigppraic model

coincides here with the real axis, the a u2 with aginary axis) are analyzed in terms of their

statistical distButich®20 2 Ejﬁpﬂgmoti'ue'fbﬁl nBfmot kGG udbBR628MS the 4111 1ina
memory (“stackil) yalid fr ghdlirtiRe de$z(ihed opegafipht Jdqhiermest tree mednlvalGORS :=4ho

of FIG 6C, 6009 of FIG 6C directly represents the

15 output signal Imf [x(t)] + g’ [y(t)] fromthe nodul e 6003
of FIG 6C. These signals, in the signal processing
descri bed above, are again to be treated as if they
represented the output signals of FIG 5B, which with
FIG 6C constitutes, in the present exanple of

20 application, an inseparable unit.

If the nmean val ue sel ected by the nodul e 6002
of FIG 6C is outside the interval [-oc + &%, &%+ o |,
inaq+l'" step a q+1'" optimization is perforned in the
sane formas for the q'" step and for the g'f

25 optimzation. The process is repeated as |ong as
necessary until one elenment of the dictionary fulfills
t he above requirenents or a nmaxi num nunber of all owed
opti m zati on steps has been reached.

FI G 5C shows the convergence behavior of the
30 just established weighting function for three
opti m zation steps: 5001 represents in this case the
first nean value &°, 5002 the second nean val ue &°,
5003 the first Gauss distribution fictitiously set as
zero iné&*y

35 £ (22*) = (1 / (N(2n) * o ) *e —(1/2)*(((22*'33*2)Q)/0’\2),



25bql is likewise calculated. The latter is in turn added together with the parameterization (RI, fg (resp.
ng), aq, 13,, determined by means of said cith optimjzation, to the first mean values 41, 41, ...,as well
as to 30their parameterizations pi, f1 (resp. nl), at'1 Y2, f2 (resp. n2), az, 132; ...(RTI, ng2 (resp.
ng02), olT1, NT, in the dictionary valid for all further described operation sequences. Since the
memory ("stack”) now contains more than one mean value, the module 6002 of 35 FIG. 6C is then
activated. 113 The latter calculates the mean value 4*q of all intersection points41,q stored in

the stack: kaMe—;-g G ;-/é)hgémz q) h1[ ﬁe’L ar]ragr dl &lesﬂq% frop} ctionary among
the mean values elr associate arameterlzatlon esp n), a, p the mean value
closest to Vg $el ectable by the user at the beginning o the entire

process illustrated here, 5004 the third nmean val ue
&°3, which remains within the inflexion points defined

5 byo of the Gauss distribution 5005 of sanme standard
deviation, fictitiously set as zero in &*; and thus
fulfills the convergence criterion.

In each case, the result is a paraneterization
o, T (resp. n), a, B, which supplies a
10 pseudost ereophoni ¢ function that on average i s optinum
inrelation to all algebraic invariants.

As the nunber of signal sections increases, the
di stribution of the intersection points & of the
al gebraic invariants on the hal f-plane respectively
15 analyzed with the conpl ex nunber plane approxi nates the
Gauss distribution. The smaller the chosen standard
deviation o is, the closer to ideal the resulting
paraneterization will be. However, as an only finite
nunber of signal sections are available, o should not
20 be chosen too snall

Neverthel ess, the nethod in terns of its
convergence is considerably faster for sufficiently
| ong signal sections than nmentioned sinulation nodel s,
since algebraic invariants are available for the first
25 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 conmpul sorily bound to a systemas in
FIG 3Ato 12A resp. 1B, 2B, 3B, 4B, 5B, 6B, 10B, 7B to
30 9B resp. 5C and 6C, but can on the contrary be applied

to nearly any part of the entire field of signa

technol ogy. The described normalization on the unit
circle of the conplex nunmber plane, wherein for exanple
two signals x(t) and y(t) are anplified uniformy by a



10 this Is the case for different parameterrzatrons, the parameterization that appears most often In the
dictionary Is selected. If several parameterrzatroniﬁpear the same number of times, the one that
exhibits the widest scattering In the dictionary Is selected, 15 i.e. the one for which the difference d - ¢
Is maximum, where d represents the last and c the first Index number of the optimization steps
respectively undergone. If this too applies to several parameterrzatrons, the first one that appears Is
20selected. If two mean values from 41,E;D2,...0.;q are close to Vq, Insofar as In a g-Ith step one of the

two mean vall+ JESP- T g qlqtpgrpgrzirygterlizﬂrqnﬁ &gls%eciqg frg{rg tﬁe %Honary the very

same one resp. Its ass arameterrzatrons Isretaine 2 value selected from the

dictionary Is tﬁé?ﬁr%h%ﬂ‘t@éetﬁ@? Rithi 288 Be1ASdde! 0 ofHIEXRE NG Qiter verifies
whether the mgBn viaduenseleneddsstieymodulel8 00 2cafsd G. BideIswaithie thahgerdabHo Vag+ (51,

where 0>0 feﬁrﬁ%er&ﬁéh §T@@d@8ﬂrﬁﬁwéﬂ%rﬁ%?e%'drﬁﬁ'%@%r@’ thegdtsepps hre %‘?9'””'”9 of the
entire pr e of the Gauss dlstrlbutlon fict tlousg] setas zero In Vqg: = (1 /("1 (2u)

ess lllustrate
e o<z>§«(z?éye%°m UL 30 Floch Ui SR Eld BB SEIEEG02 of FIG. 6C is within
the Interval+ *§i @¥abh the paraniétesizatsrrséleo@dtisy theembavie8002rofFIEBICS&ccording to

6010 of FIG. G@]Eﬁlflﬁtarf@ﬂgﬂ&m% af dige S6A resr l?fléiaILBcseSlé dh@}%&ptﬁa PeP andd6007 of FIG.
2B are activat ikewi e out 6008 0 Fl B SpW t orresponding inputs
and outputs 01S I‘EI erf]grgncggt% ép felgl(?1 %% g§%|$ re?-c I{/{fli repr?(lleseﬁt qeﬂé ou?t]zﬁt signal x(t)
from the modufié r6@b§ 100f FIG. 6C, reference 6007 of FIG. 6C directly represents the output signal
y(t) from the module 6003

10 If it is intended to nornalize a conbination
f~(t) or several conbinations f,;°(t), f>"(t), ...,
fpo"(t) of at least two signals si(t), so(t), ..., sut)

resp. of their transfer functions ti(si(t)), ta(s2(t)),
., tsn{t)) — or also the above freely definable
15 function f%(t) or freely definable functions fi%(t),
f2*(t), ..., f,(t) of one signal s*(t) or of several
signals s;*(t), s, (t), ..., s5’(t) — although there is
no inperative necessity of doing so, this normalization
can be freely definable.

20 Instead of the effective |level control of the
maxi mum val ue of L and Rin the present exanple to 0 db
(anplifiers 118 and 119 as well as logic elenent 120 in
FIG 1B), it is thus possible for exanple to achieve a
normal i zati on on the basis of the suns of the nean

25 square energy of each of the two respective channels,
i.e. for L equal to x4 (t;) and R equal to ys (t;) on
the basis of the sumz, + zg of

T
ZLi = (1/Ti) * [ Xa (ti) dt
30 0

and



of FIG. 6C, 6008 of FIG. 6C directly represents the output signal Re flx(t)] + gly(t)] from the module
6003 of FIG. 6C, 6009 of FIG. 6C directly represenfrthe 15 output signal Im flx(t)] + gly(t)] from the
module 6003 of FIG. 6C. These signals, in the sig?\ processing described above, are again to be
treated as if they represented the output signals of FIG. 5B, which with FIG. 6C constitutes, in the
present example of 20 application, an Inseparable unit. If the mean value selected by the
module 6002 of FIG. 6C is outside the interval Ho + *q, *q+ OI, in a g+lth step a g+lth optimization is
performed in the same form as for the qth step and for the cith 25 optimization. The process is
repeated as long as necessary until one element of the dictionary fulfills the above requirements or a
maximum number of alloﬁ)@d:oﬂtﬂ‘ﬁizaiioﬁ stfep@héé BeeH reached. FIG. 5C shows the convergence
behavior of the 30 just established weightifig function for three optimization steps: 5001 represents in
this case the first mean value 41, 5002 the second mean value 42, 5003 the first Gauss distribution
fictitiously set as zerq in *z: 35C (z 2* @ (1 /%LZn) * G { e 115 where >0 represents the standard
deviation, freeﬁ)PséIQEtraB uﬁ)?thaé O lthé bmﬁiﬁﬂ) lhth%ee?ﬁi?& br&c%s@ illustrated here, 5004 the
third meah valuefi@iieneemurisugitiinth@frgiexbnngbin® ddfibedrs PE optie Ghass Yistribution 5005

of same standgfd ydexipdiop, fictitipusiy skt ap @etwinp& 3mant ithpys ifillsthe weonvagesee criterion.
In each case, the result is a parameterization p, f (resp. n), a, 13, which supplies a

Ziet | (Zu + Zwm)

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

T
Zsj (tiy = (U Ti) * 5 s; (ty) dt,
15 0

where again T, represents the tine span of the tine
interval t;, and which signals are subsequently

mul tiplied (7003) with a weighting G defined for each
signal s; (t).

20 Follow ng this, the products G * Zg (ti) thus
obt ai ned are sumed according to 7004. This sumis
transmtted to the anplifiers of 7005 that are
i ndividual ly connected to the original signal inputs

si(ti), s2(ti), ..., ss(ti), and the signals si(ti),
25 syp(ti), ..., ss(ti) are then uniformy anplified by the
factor
3

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



10 pseudostereophonic function that on average is optimum in relation to all algebraic invariants.

As the number of signal sections increases, the distribution of the intersection points 4 of the algebraic
invariants on the half-plane respectively 15 analy with the complex number plane approximates the
Gauss distribution. The smaller the chosen standard deviation CS is, the closer to ideal the resulting
parameterization will be. However, as an only finite number of signal sections are available, CS should
not 20 be chosen too small. Nevertheless, the method in terms of its convergence is considerably

faster for sufflgﬁq':l gssé% 1SEC} '?%Q}ﬂ”t rilngatl(e%eq fi fguﬂ%tbqn @" 8596 Si gebralc invariants
t

are available for e to serve as va oints of reference" for a Weig tlng of already

determined pa'i‘ﬁﬁ%’féjriz%ﬁohg ihsirdige! L%%uéﬁh@ fadsBROEAWRATLAR is however not compulsorily
bound to a systetreasrimiels.t3retd txAresmtlB, @B, 3B 48015, 68, 108, 7B(tb)3009B resp. 5C and

6C, but can onytheseRniraty beligdit? Hsarly 2 gart P} the pntire field of §f gr}al ggchnology. The

descrlbedBnormall ation on the unit chIe of the coméj x.number plan hérein xample two
4 o

signals x( an@ y( )%?gﬁﬂﬁWea'u%q r‘ﬁlysdyg ta) 11 Et)or p* (ampﬁﬁ 1&5Pro |?1 FIG. 1E) such
that the maxiniuiRiof botrasighars Hasngldvensf &xasty 0)dB, it i@ aiddessary: in this case. The value

range for the anglyzed)gombipatian o5 combinatioasy qu@dsm@mearmm%wnpﬁpﬂ)or functions of

one or several sflgn%l A0 tpl){ &:?rﬁl ng to tpg Hré\{qntlﬁ')n Gomprise the. ie value range of the real
or complex number plan an erefore oe not remain I|m|ted t e urﬁt le lg)ff it is intended to
normalize a cdmbihatied one signal s (t) or of several signals s;7(t),

10 52#(t), C ey 55#(t).

Simlar considerations can in particular extend
al so for exanple to audio signals according for exanple
to ITU-R BS. 1770; the nodules 7002 to 7005 are then
omtted and the signals can be forwarded directly to

15 the nodul e 7006.

Even when anal yzing a single, sufficiently |ong
time span for a conbination f “(t) or severa
conbi nations fi°(t), fo°(t), ..., fp°(t) of at |least two
signals si(t), s2(t), ..., sp{t) resp. of their transfer
20 functions ti(si(t)), ta(s2t)), ..., tu{s{t)) - or also
for 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 s;*(t), s,*(t), ...,
s’(t) — the invariants according to the above can be
25 determ ned and used specifically in an industrial-
techni cal context (for exanple for evaluating
i ndi vi dual signals or processing or optim zing any
signal paranmeter or transm ssion paraneter). The
application of the object of the invention it thus not
30 limted to the exanpl es given above, but is oriented in
principle towards the descri bed determ nati on of
invariants for any signals or signal sections of any
| ength according to the disclosure of the invention.

Bi bl i ographi cal references for
35 PCT/EP2011/063322: 1. David Hilbert: Uber die vollen



f(t) or several combinations fg-(t), fz-(t), fm-(t) of at least two signals sl(t), 82(t),s(t) resp. of their
transfer functions t1(81(t)), t2(82(t)), tm(sm(t)) - orlgll o the above freely definable 15function f#(t) or
freely definable functions fg#(t), f?(t),fg# (t) of one'signal s#(t) or of several signals si)#(t), 82#(t),82(t) -
although there is no imperative necessity of doing so, this normalization can be freely definable.
20Instead of the effective level control of the maximum value of L and R in the present example to O
db (amplifiers 118 and 119 as well as logic element 120 in FIG. 1B), it is thus possible for example to

achieveanormﬁl'%fﬁtiog n lgq '§ngf SU|P fmﬁ/ iaQr?IS re rgy of each of the two
respective channels, i.eﬁor@qu:ﬁ to x g ancJOR equ%l‘eto y# (XI) on tlfgﬁasis of the sum zmi + zi##
of T# zin = (L/¥BN8ERI G 0NRZ #N2iBY 42 aT12)3@ B 1yaf 73 (1893).

Springer: Berlin, Heidelberg, 1970. 2. Henrik Schul ze:

Di gital Audi o Broadcasting. Das Ubertragungssystemim

5 Mobil funkkanal (DAB transni ssion systemin nobile radio

channel) — Sem nars script of the University and

Pol yt echni ¢ Pader born (2002) (ww. f h-

neschede. de/ publ i ¢/ schul ze/ docs/ dab- sem nar . pdf)

3. Rec. ITUR BS. 1770.

10

FIG 1D shows a first inventive exanpl e of
application. The basic circuit of EP1850639 has been
expanded by a further time paranmeter s, which is
mul tiplied respectively with the tine differences La

15 resp. Lg and thus yields the newtine differences L' a
resp. L' g as follows:

(3D) LA = La * s = [V(5/4 - singp) — 1/2] * s
and
(4D) Lg =Lg * s = [V(5/4 + sing) — 1/2] * s
20 The new circuit schema can be directly seen

fromFIG 1D. s > 0 can represent both a constant (an
i deal value for s for the present arrangenent is for
exanpl e 100 ns) as well as be selected freely by the
user. In practice, the values of delay A resp. del ay

25 B of FIG 1D essential for determ ning the spatial
perception of the |istener.

The transposition of this operating principle
to WO2009/ 138205 results for exanple in the inventive
arrangenents of FIG 2D, 3D, 4D, 5D, 6D (to which

30 elenents according to WO2011/ 009649 are added for a
better illustration) as well as in FIG 7D, FIG 8D,



to introduce a normalization with respect to a 5 reference value zrff according to the principle that x#
(ti) and y# (ti) each are to be multiplied by the facti (%ref/ (zfl + ziu) If this principle is
generalized for example according to FIG. 7C, thi % inciple can be extended to 10 any number of
signals gj (ti) of the total number 6 (7001), for each of which respectively the mean square energy is
calculated (7002): T1 Zsj (-La) = (1/TI) * J Si (-LI) dt, 150 where again Ti represents the time span of
the time interval ti, and which signals are subsequently multiplied (7003) with a weighting Gj defined

¢ h si ). : s q Git Zsi ) q di
or eac &gnaﬁjét) §BF0H?‘Q§”91'[B tqgﬁo vets g(géq (fg@u%(ji)\%aﬂg%bsreﬁl&nme according

to 7004. This sum is fransmitted to the amplifiers of 7005 that aré in *onnected to the original
signal inputs sk&H), 9@ Ro(thNgnd tHBsighhis&i @ cass et )4 1) mrdthe§ BRormly amplified by
the factor Zref@ & t ghi @) jw 1 h11$and doreexzenploataarsnstted @ Hedmpdeled7GG8ywhich -

according to the H@c[gspfeepfew(gé'qua_r&tio%ﬁgeq_eﬁrmin% H&W@H@p%; ofitiRg combination fu(t) or of
several c%mbip %ﬁi?nosv\EZ% Q(t)r’ g:gl) ’if(gnosf appl y: |

(1D Ly =1La* s ={- f()/(2sina) + V
[fz(a)/(45i nza) + f2((P) — (f(a) * f(9@) * sing) /
sina ]} * s

and
10 (2D) Ly =Lg* s ={- f(B)/(2sinB) + V
[f2(B)/(4sin?B) + f2(¢) + (f(B) * f(g) * sing) /
sinfB]} * s

The new circuit schema can be seen directly in
FIG 2D, 3D, 4D, 5D, 6D (to which el enents according to
15 W0O2011/ 009649 are added for a better illustration) as
well as in FIG 7D, FIG 8D, FIG 9D, FIG 10D, FIG
11D, FIG 12D, FIG 13D, FIG 14D

N.B. If stipulating f(9) = f(a) =f(B) =1 and
sino = sinB =1 in the circuit schema 309 of FIG 2D
20 resp. in the circuit schenma 409 of FIG 3D resp. in the
circuit schema 509 of FIG 4D, variants of EP1850639
will result according to the invention that depend only
on the paranmeter s and on the angle ¢ enclosed by the
main axi s and the sound source. In particular, for the
25 circuit schema 309 of FIG 2D, the followi ng rel ations

appl y:
(3D) Ly, =Ly * s = [N(5/4 - sing) — 1/2] * s
and

(4D) Lg’

Lg * s = [V(5/4 + sing) — 1/2] * s



at least two signals sl(t), sz(t),so(t) resp. of their transfer functions tE(s1(t)), t2(s2(t)), ...f to(so(t)) - or
also the freely definable function f#(t) or the freely definable functions fl#(t), fz#(t), fg#(t) of one signal
s#(t) or of several signals sl#(t), 10s2 (t), Si i}ar considerations can in particular extend also for
example to audio signals according for example to ITU-R BS.1770; the modules 7002 to 7005 are then
omitted and the signals can be forwarded directly to 15 the module 7006. Even when analyzing
a single, sufficiently long time span for a combination fu(t) or several combinations f22-(t), f2-(t),f(t) of
at least two si%r%alaél(p, zs(t),s(t) resp. of their transfer 20functions tE(s1(t)), t2(s2(t)),tm(sm(t)) - or
also for the freely definable function f#(t) or the freely definable functions f2#(t), fz#(t),f(t) of one signal
s#(t) or of several signals sl#(t), s?(t), 5Q(t) - the invariants according to the above can be 25
determined and used spBgifieally 4 an sdustrial- technical context (for example for evaluating
individual signals or processing or optimizing any signal parameter or transmission parameter). The
application of the object of the invention it thus not 30 limited to the examples given above, but is
oriented in priﬁagle towards the described determination of invariants for any signals or signal
sections of any

Ps = 5/4 + sine,
5 for the circuit schema 409 of FIG 3D the relations
(3D) Ly’ =Ly * s = [V(5/4 - sing) — 1/2] * s
and

(4D) Lp’ = [N(5/4 + sing) — 1/2] * s

I

L

>*
)]

as well as

10 Pv = 1/(5/4 - sing)
and
P = (5/4 + sing)/(5/4 - sing),
where 1/Py = (5/4 - sing) may not be equal to zero or

an el enent of an environenent of zero, and for the
15 «circuit schema 509 of FIG 4D the follow ng relations

appl y:
(3D) Ly, =Ly * s = [N(5/4 - sing) — 1/2] * s
and

(4D) Lp’ [V(5/4 + sing) — 1/2] * s

I

&

>*
)]
I

20 as well as

Pi’' = 1/(5/4 + sing)



length according to the disclosure of the invention. Bibliographical references for 35
PCT/EP2011/063322: 1. David Hilbert: fiber die vol&% 119 Invariantensysteme (On Full Invariant
Systems). Mathematische Annalen Bd.42, S. 313 3 (1893). Springer: Berlin, Heidelberg, 1970. 2.
Henrik Schulze: Digital Audio Broadcasting. Das Ubertragungssystem im Mobilfunkkanal (DAB
transmission system in mobile radio channel) - Seminars script of the University and Polytechnic
Paderborn (2002) (www.fhmeschede.de/public/schuize/d)cs/dab-seminar.fu 3. Rec. ITU-R BS.1770.
10 FIG. % hows a first inventive example of application. The basic circuit of EP1850639 has
been expanded by a further time parameter s, which is multiplied respectively with the time differences
LA 15 resp. LB and thus yields the new time differences L'A resp. Lfp as follows: (3D)LA' = LA= H(5/4
-- 1/2] and (4D)Ls' = LB=PHI(5H4- (132]20THsa meyy /c(rbuid sehena@pan be directly seen from FIG. 1D. s >
0 can represent both a constant (an ideal value for s for the present arrangement is for example 100
ms) as well as be sele égfreely by%/ﬁ user. In ractlce the values of delayA resp. delay 25 B' of
FIG. 1D essentiaffdr a@t Mhining gh %anla? b@ pﬂBP{ o@%e E&eﬁ&“a %k@et?gns?fosmon of this
operating prin€iplecioeeRD09f1.38R08 NES I T Bka®bleZ@rthe inventive arrangements of FIG. 2D,
3D, 4D, 5D, 6D (to which 30 elements according to W02011/009649 are added for a

5 N.B. It is also possible in the circuit schem
309 of FIG 2D resp. in the circuit schema 409 of FIG
3D resp. in the circuit schema 509 of FIG 4D for a = B
= n/2 and thus to stipulate sina = sinp = 1, yet to
keep f(¢9) resp. f(a) resp. f(B), i.e. to create an

10 excl usive dependence on the angle ¢ encl osed by the
sound source and the nain axis of the nono signal that
is to be rendered stereophonic, and on the directiona
pattern of the nono signal that is to be rendered
st er eophoni ¢ (which can be represented in polar

15 coordinates). For the circuit schema 309 of FIG 2D in
particular the follow ng rel ati ons apply:

L = Lo * s ={- f(a)/2 + N [f(a)/4 + f%(¢)
(f(a) * f(o) * sing)]} * s

and

20 Ly =Lg* s ={- f(p)/2 + N [£X(B)/4 + f%(¢) +
(f(B) * f(p) * sing)]} * s

as well as

f2(0)/4 + £2(9) — (f(a) * f(9) * sing)

Y
Q
I

and

25 Pp = f2(B)/4 + f2(9) + (f(B) * f(9) * sing)

and for the circuit schemn 409 of FIG 3D the rel ations



better illustration) as well as in FIG. 7D, FIG. 8D, 120 FIG. 9D, FIG. 10D, FIG. 11D, FIG. 12D, FIG.
13D, FIG. 14D. Again, the time differences La andg are each multiplied with the same parameter s >
0 and yield new time differences La' and Lp'. Con& guently, the 5 following relations apply: (1D)La' =
La*s ={-f(a)/(2sina) + [f2(a)/(4sin2a) + f2(y) - (f(a) * f(y) * siny) / sina]] * s and 10(2D)Lp'=Lp *s =
{- f(0)/(2sin0) + [f2(0)/(4sin20) + f2(y) + (f(0) * f(y) * siny) / sinO] 1 * s The new circuit schema
can be seen directly in FIG. 2D, 3D, 4D, 5D, 6D (to which elements according to 15 W02011/009649

are added for a better illystration) as,well as jn F}G. 7D, FIG. 8D, BlG,\9D, Fl , FIG. 11D, FIG.
12D, FIG. 13D, FIG. 14[l)1.‘°‘ R V\QI.OB. |f§ti|5u| ting;zs%::/ ﬁa%z%(o[)tz(%%réfsiﬁgr:ﬂgﬁp =1 in the circuit
schema 309 of FIG. 2D 4 fe&h. in the@irclit$tReMEI409 8 FIG. 3D resp. in the circuit schema 509 of
FIG. 4D, variants of EP1850639 will result according to the invention that depend only on the
parameter s agg @n the angle y enclosed by the main axis and the sound source. In particular, for the

25 circuit schema 309 of FIG. 2D, the following relations apply: (3D)s = [(05/4 - siny) - 1/2] and

Ly =Lp* s ={- f(B)/2 + N [£X(B)/4 + f%(¢) +
5 (f(B) * f(9) * sing)]} * s

as well as
Pi = 1 [f%(a)/4 + f%(9) — (f(a) * f(9) * sing)]
and

Po = [f2%(B)/4 + f%(9) + (f(B) * f(9) * sing)]/
10 [f2(0)/4 + f2(9) - (f(a) * f(9) * sing)],

where 1/ Py = [f3(a)/4 + f2(¢) — (f(a) * f(9) * sing)]
may not be equal to zero or an elenment of an

envi ronnent of zero, and for the circuit schema 509 of
FIG 4D the rel ations

15 L = Lo * s ={- f(a)/2 + N [f(a)l4 + f%(¢) —
(f(a) * f(o) * sing)]} * s

and

Ly =Lg* s ={- f(B)/2 + N [£X(B)/4 + f%(¢) +
(f(B) * f(9) * sing)]} * s

20 as well as
Pu' = 1[f%(B)/4 + f%(¢) + (f(B) * f(¢) * sing)]

and

P, = [f%o)/4 + f%(9) — (f(a) * (o) *
sing) [/ [f2(B)/4 + t2(¢) + (f(B) * f(9) * sing)]



as well as Pa = 5/4 - siny and Pp = 5/4 + siny, for the circuit schema 409 of FIG. 3D the relations (3D)s
= Mg(5/4 - siny) - 1/2] and (4D)Lp' = Lp=])(5/4 + siny) - 1/2] * s as well as 10Pm' = 1/(5/4 -
shuY) and Pp' = (5/4 + siny)/(5/4 - siny), where 1/ ?n4 = (5/4 - siny) may not be equal to zero or an
element of an environement of zero, and for the 15 circuit schema 509 of FIG. 4D the following
relations apply: (3D)S = [-05/4 - Siny) - 1/2] and

where 1/ Py’ = [f2(B)/4 + f2(g) + (f(B) * f(9) * sing)]
may not be equal to zero nor an el enent of an
envi ronment of zero. Under the condition L, = Lg it
is possible with sina = sin =1 to further sinplify

5 wth the above fornul ae (see below) the FIG 17D, FIG
18D, FIG 19D, FIG 20D, FIG 21D, FIG 22D, FIG 23D,
FIG 24D, FIG 25D, FIG 26D, FIG 27D, FIG 28D resp.
FIG E9, FIG E10, FIG E1l1, FIG E12, FIG E13, FIG
El14, FIG E15, FIG E16, FIG E17. In particular, see

10 below, it is also possible here in FIG E14 to
integrate the anplification factor 1/t (which is then
to be nultiplied with the anplification factor Py)
into the gain M resp. in FIG E17 to integrate the
anplification factor 1/t (which is then to be

15 multiplied with the anplification factor Py ') into the
gain M

The choice of s, as shown in practice, is not
trivial. If s is chosen too small, the
pseudost er eophoni c effect to be achieved di sappears, if

20 s is chosen too great, disturbing artifacts w ||
result. If s is about 100 mlliseconds, this will yield
for a nodified device or a nmethod according to
WO2009/ 138205 or WOR2011/ 009649 i deal pseudostereophonic
signals that exhibit the same quality as with a classic
25 MS recording technique.

If the object of the invention is applied to
W0o2011/ 009649 or WOR011/009650, in particular to FIG
1B as well as FIG 4B (feedback 437a) and FIG 5B
(feedback 539a), it is not only the paraneters ¢ resp.
30 f (resp. n) resp. o resp. P that are optim zed
iteratively but henceforth newly also the paraneter s >
0 introduced according to the invention, in a new
manner and as represented in FIG 15D, using the sane
eval uati on nmet hod descri bed above. The overall system
35 presented in WO2011/ 009649 or WXR011/ 009650 resp.
CHO01264/ 10 resp. PCT/EP2011/063322 in this case remains



and Pa' = (5/4 - siny)/(5/4 + siny), where 1/Pm" = (5/4 + siny) may not be equal to zero or an element
of an environment of zero. N.B. It Is also possible In the circuit schema 309 of FIG. 2D resp. In
the circuit schema 409 of FIG. 3D resp. In the circuit'schema 509 of FIG. 4D for a = = n/2 and thus to
stipulate slna = sdn0 = 1, yet to keep f(y) resp. f(a) resp. 5(0), i.e. to create an 10 exclusive
dependence on the angle y enclosed by the sound source and the main axis of the mono signal that Is
to be rendered stereophonic and on the directional pattern of the mono signal that Is to be rendered

stereophonic Q/\G ¥0| l?Qgéﬁg@&ev\}etqqlnt%a%%ppp%n@gz)[ rffé) (lgl\}% rf%f‘ IzgS{%?g 309 of FIG.

2D In part|culart owing relations a La'=Las ={-f(a (y) * siny)11 *
s and 20= L*Eﬁﬁ?(ﬁ)/z(ﬂr%ﬁbﬁm ﬁ'(fé) ko) srher §hpah teg a§ Ve BR -319%5/4+f2(y) (f(a)
*f(y) * siny) anvd REPBI=G2(Q@)3Dy.f2(y) + (f(0)* f(y) * siny) and for the circuit schema 409 of FIG. 3D the
relations
If a system according to CHO1264/ 10 resp.
5 PCT/EP2011/ 063322 is to be added according to the
invention, FIG 6Cis to be replaced by FIG 16D. In
nore detail, a first optimzation according to
CHO1776/ 09 resp. WO2011/009650, FIG 15D, 2B, 3B to 5B,
is perforned on a signal section of the length t;. The
10 outputs of FIG 5B are connected for exanple to a
nodul e 6001 according to FIG 16D and the invariants
(constituted at the intersection points &,of the sum
of the conplex transfer functions f'[x(t1)] =
[x(t)/V2] * (-1 + i) and g'[y(t)] = [y(t)/V2] * (1
15 + i) with the half-plane spanned by the vectors (1, 1,
-2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and
| ocated in the 15 or also 3'% quadrants of the conpl ex
nunber plane — the axis of x;, u; of the represented
al gebrai c nodel coincides here with the real axis, the
20 axis Xy, u, with the inmaginary axis) are analyzed in
terns of their statistical distribution. Al &, from
the total nunber k; are stored in a nmenory (“stack”)
valid for all further described operation sequences;
t he mean val ue

25 k1
1= (Y &m) ki
h]_ =1

is likewi se calculated. The latter is stored together
with the paraneterization ¢, f1 (resp. ni), o, P, S

30 determ ned by neans of said first optimzation, in a
dictionary further valid for all further described
operation sequences.

According to the function conmand 6004 of FIG
16D, in a second step a second optim zation accordi ng



123 La' = Las = {- f(a)/2 +[f2(a)/4 + f2(Y) (f(a) * f(y) * siny)11l * s and Lpf = Lp * s = {- f(0)/2 +[f2(0)/4 +
f2(y) + (f(0) * f(y) * siny)11 * s as well as = 1/[f2(a)/4 + f2(y) - (f(a) * f(y) * siny)] and Pp' =
[f2(0)/4 + f2(y) + (f(0) * f(y) * sIny)]/ 10[f2(a)/4 + f2(Y) - (f(a) * f(y) * sIny)], where 1/Pm' = [f2(a)/4 + f2(y)
- (f(a) * f(y) * siny)] may not be equal to zero or an element of an environment of zero, and for the
circuit schema 509 of FIG. 4D the relations 15La’ = La * s = {- f(a)/2 +[f2(a)/4 + f2(Y) (f(a) * f(y) *
slny)11 * s and Lpf = Lp * s = {- f(0)/2 +[f2(0)/4 + f2(y) + (f(0) * f(y) * siny)11 * s 20 as well as
to WO2011/ 009650, FIG 15D, 2B, 3B to 5B, is then
performed on a signal section t, of any |length. The
outputs of FIG 5B are in turn connected to the nodul e
6001 of FIG 16D and the invariants (constituted in the
5 intersection points &,of the sum of the conpl ex
transfer functions f'[x(t2)] = [x(t2)/V2] * (-1 + i)
and g'[y(t2)] = [y(t2)/N2] * (1 +i) with the half-
pl ane spanned by the vectors (1, 1, -2) and (1, 1, 1)
or also (-1, -1, 2) and (1, 1, 1) and located in the
10 1% or also 3'Y quadrants of the conpl ex nunber plane —
the axis of x3;, u; of the represented al gebrai c nodel
coincides here with the real axis, the axis Xz, Uz with
the imagi nary axis) are analyzed in terns of their
statistical distribution. Al &, fromthe total nunber
15 k, are stored in a nenory (“stack”) valid for all
further described operati on sequences; the nmean val ue

ka
E2:= (X &)/ ke
h2=1

20 is likew se calculated. The latter is in turn added
together with the paraneterization ¢, f, (resp. np),
az, P2, S determ ned by neans of said second
optim zation, to the first nean value &;as well as its
paraneteri zation ¢;, f1 (resp. ni1), a, P, S in the

25 dictionary valid for all further described operation
sequences. Since the nenory (“stack”) now contains nore
t han one nean val ue, the nodule 6002 of FIG 16D is
t hen acti vat ed.

The latter calculates the nean val ue &*of all
30 intersection points &y, &2 stored in the stack:

k1 Ko

E2:= (X &m + X &)/ ( kit k)
h1=1 h2:1



Pm" = 1[f2(0)/4 + f2(y) + (f(0) * f(y) * siny)] and 124 where 1/Pm" = [f2(0)/4 + f2(y) + (f(0) * f(y) * siny)]
may not be equal to zero nor an element of an er\%ié?nment of zero. Under the condition La' = Lp' Itis
possible with sina = sin0 = 1 to further simplify 5 with the above formulae (see below) the FIG. 17D,
FIG. 18D, FIG. 19D, FIG. 20D, FIG. 21D, FIG. 22D, FIG. 23D, FIG. 24D, FIG. 25D, FIG. 26D, FIG.
27D, FIG. 28D resp. FIG. E9, FIG. E10, FIG. Ell, FIG. E12, FIG. E13, FIG. E14, FIG. E15, FIG. E16,
FIG. E17. In particular, see 10 below, it is also possible here in FIG. E14 to Integrate the amplification

factor 1/T (Whign is %qrbﬁ[l %e thllleﬁ(_iyyﬁ',( g‘tel %nggﬁéi@qﬂ@i?ﬁ%%%@o% %%ig M, resp. in FIG.

E17 to Integrate the ampli cation facto whichis t to be"15 mt e amplification
factor Pm") inte thie gdthiNi. T hel FrRSSREEALEE RASKBTRR fT batitoNs Hae «BaNIf s is chosen too
small, the psevdbsteredphoest effectit,be héhiehed disappbarss #29 § & cHusieh toeaneat, disturbing

artifacts will regy|t, lf s is:a Qgg,l% myll .onpﬁethﬂfayvgl,«pgglgrfpggtm%qi'fi%qldefvlice or a method
accordin%to 02009/138205 ‘or (])2011 009649 ideal ps?udosterﬁgpaomc.si nals that exhibit the
: e

same quality J Witk a dfadsic s I\ﬁ% re%orld?ngg C‘Flﬁ}qf(ﬂ: rom bj%H BYnvention is applied
to W02011/009889 e a0 231 1Ue0SER & ¢t e rtfcumntd FGdiBtasoneal s Gt ABNfeedback 437a)

ano_l FIG. 5B (f?!edh@(éﬁ b3%a). itdgyaphenlywhe Raraneters Mée%(ﬁﬁ)lf £espor) Esp. aresp. 0 that are
optimized |tera,._t|v8Jy lilét[?en[:ﬁéorfha{]?vglry q/l?}?dﬂ}ele %%ga@%e?t)%%g Q hﬂéf%’gﬁd \?ac]fzardlng to the
In : :

invention, in a new manner and as represente . D, using the same eva uation method
described abo%8! £6é 8deRYl dyREABEUNBsENRE ih vod /000640 bNeT20ah/d0gB50 resp.

CHO1264410 resp:* R CREP 211 1/068882 inthis epre semaimnst hd5st andar d
devi ation, freely selectable by the user, of the Gauss
distribution fictitiously set as zero in &*;

£~ (22*) — (1 / (\/ (2H) * g )) * e—(1/2)*(((22*—§*2)A2)/0’\2)

If the nean val ue sel ected by the nodul e 6002
15 of FIG 16D is within the interval [-o + &*, &%+ o],
the paraneterization selected by the nodul e 6002 of
FI G 16D according to 6010 of FIG 16D in the
arrangenent of FIG 6D resp. FIG 15D (which shows again
for the sake of clarity the anplifier 717 and the M5
20 matrix, wherein both of which are to be passed through
only once) resp. the outputs 6006 and 6007 of FIG 15D
are activated, |ikew se the outputs 6008 and 6009 of
FIG 2B. The output 6006 of FIG 15D runs into the
i nput 6006 of FIG 16D, the output 6007 of FIG 15D
25 runs into the input 6007 of FIG 16D, the output 6008
of FIG 2B runs into the input 6008 of FIG 16D and the
out put 6009 of FIG 2B runs into the input 6009 of FIG
16D. Reference 6006 of FIG 16D directly represents the
out put signal x(t) fromthe nodul e 6003 of FIG 16D,
30 reference 6007 of FIG 16D directly represents the
out put signal y(t) fromthe nodul e 6003 of FIG 16D,
6008 of FIG 16D directly represents the output signal
Re f'[x(t)] + g'[y(t)] fromthe nodul e 6003 of FIG 16D,
6009 of FIG 16D directly represents the output signal
35 Imf [x(t)] + g [y(t)] fromthe nodul e 6003 of FIG 16D.
These signals, in the signal processing described



fully preserved with the addition of the just mentioned element (wherein FIG. 1B is hereinafter to be
replaced with FIG. 15D). If a system according o CH01264/10 resp. PCT/EP2011/063322 is to
be added according to the invention, FIG. 6C is to greplaced by FIG. 16D. In more detail, a first
optimization according to CH01776/09 resp. W02011/009650, FIG. 15D, 2B, 3B to 5B, is performed on
a signal section of the length t]). The 10 outputs of FIG. 5B are connected for example to a module
6001 according to FIG. 16D and the invariants (constituted at the intersection points 41,1of the sum of

th lex t functions fK[x(t2)] = 1% (-1 4 (Y] = [YEL/AL 2] * (1 15 + i) with
the half plane 007; B & B0 HEY i‘:f%‘t% fas 1 R RSt i i loca

: nqé@ , F} and (1, 1, 1) and located
in the 1St or af¥d B uabiRRL Bf e ErfbleXBrunibirPiaie t thdhls k& )i he represented

algebraic modeboaincides éere withtthe seaixadigq|the @0 aqipk?,ca iwith thaimaginary axis) are
analyzed in te[r’ﬂgé){)g}eéwtgtiwga{ distribution. All 41 from the total number 142 are stored in a
memory ("stack") valid for all further described operation sequences; the mean value 25 41 := (1 41)
1k1 = 1 is likewise calculated. The latter is stored together with the parameterization pi, fa (resp. nl),
al, ph si 30 determined byfmé&es ofsHid Viedt uptistr &g th Ayidtiopanprliher §86& for all further

described opeyafigfLseqUERNCeRe i nt SGEQIding 4o thefynetign cgmmiandH6094 of 4. 16D, in a
second step aasewdoBPPrrTHZ?gPPoaﬁCPrsdi%%rjfzc?rtr?e\fyoggc%%/r()g?ﬁgot I(:)IG. 15D, 2B, 3B to 5B, is then
WO2011/ 009650, FIG 15D, 2B, 3B to 5B on a signal
section ty of any length. The outputs of FIG 5B are in
10 turn connected to the nodule 6001 of FIG 16D and the
invariants (constituted at the intersection points &
of the sumof the conplex transfer functions f'[x(tg)]
= [x(tg)/V2] * (-1 +i) and g'[y(ta)] = [y(ta)/V 2] *
(1 +i) with the hal f-plane spanned by the vectors (1,
15 1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1)
and located in the 1%t or also 3'% quadrants of the
conpl ex nunber plane — the axis of xj;, u; of the
represent ed al gebrai ¢ nodel coincides here with the
real axis, the axis Xy, U with the inmaginary axis) are
20 analyzed in ternms of their statistical distribution.
Al &y fromthe total nunber ky are added to &, &,
.y &1 in a menory (“stack”) valid for all further
descri bed operati on sequences; the nmean val ue

Kq

25 €= (X &) ! Kq
hg=1

is |ikew se calculated. The latter is in turn added
together with the paraneterization ¢4 fq (resp. ng),
oq. Pg» S determ ned by nmeans of said q'" optimizati on,

30 to the first nmean values &°, &%, ..., &gi1as well as to
their paraneterizations ¢i, f1 (resp. ni), o1, P1, Si1; 02
fo (resp. nz), oz B2 S1; ...; ¢q1, fq1 (resp. ng1), oga,

Bg1, Sg1, in the dictionary valid for all further
descri bed operation sequences. Since the nenory



performed on a signal section t2 of any length. The outputs of FIG. 5B are in turn connected to the
module 6001 of FIG. 16D and the invariants (cons ?gted in the 5 intersection points 42o0f the sum of
the complex transfer functions fk[x(t2)] = [x(t2)/A/ (-1 + 1) and g*[y(t2)] = [Y(t2)/A/ 2] * (1 + i) with
the half-plane spanned by the vectors (1, 1, -2) and (1, 1, 1) or also (-1, -1, 2) and (1, 1, 1) and located
in the 10 1St or also 3fli quadrants of the complex number plane - the axis of xl, ul of the represented
algebraic model coincides here with the real axis, the axis x2, u2 with the imaginary axis) are analyzed

in terms of thej rugiﬁ%%tlga uébg@ é,l ﬁg fmjrp éhe ﬁ%{ﬁl ol bﬁjé:(ljlﬁ kg f§ %n a memory

("stack™) valld or al further escri operation sequences; the mean va 42)IC2h2=120
is likewise calfRdtdde TRAA2&fis i férn %@th?oé@tﬁ@r W&T’r'tf‘fé‘tp‘épameterlzatlon p2, f2 (resp. n2),
a2, 13, s2 determined by means of said second optimization, to the first mean value i as well as its

parameterization pi, fl (reprenia@d.dth gldn the 26 Lictionaryyali (p&adéur&laeroqlesgrrped operation

sequences. Slnce the memory (' stacl§ now contains mor%ﬁhan on eeEean vgﬁue the module 6002 of
FIG. 16D is theRBehiv&&h! ©" PO Nt enezalculates te me8hSRAIld"442'8 all 30intersection

points 41R4q,3aEd in the stack: k2 4*2 :=+)+ k2) h1=1h2=1

ke ke kg
= (X &m + X &ut ... +X &y )/ (ki + ke +...kg)
h1=1 h2=1 hq=1

and selects fromthe dictionary anong the nean val ues
10 &£°1,&%, ..., &gwth their associated paraneterization
o, f (resp. n), a, B, s, the nmean value cl osest to &*.
If this is the case for different paraneterizations,
the paraneterization that appears nost often in the
dictionary is selected. If several paraneterizations
15 appear the same nunber of times, the one that exhibits
the wi dest scattering in the dictionary is sel ected,
i.e. the one for which the difference d — ¢ is nmaxi num
where d represents the last and ¢ the first index
nunber of the optim zation steps respectively
20 undergone. If this too applies to severa
paraneteri zations, the first one that appears is
selected. If two nmean values from &°, &%, ..., &% are close
to &, insofar as in a g-1'" step one of the two mean
val ues resp. their associated paraneterizations is
25 selected fromthe dictionary, the very sane one resp
its associ ated paraneterizations is retained. The mean
val ue selected fromthe dictionary is then transnitted
together with &*,to the nodul e 6003 of FIG 16D. The
| atter verifies whether the nmean val ue sel ected by the
30 nodule 6002 of FIG 16D is within the interval [-oc +
E*gp E*q+ o ], where >0 represents the standard
devi ation, freely selectable by the user at the
begi nning of the entire process illustrated here, of
the Gauss distribution fictitiously set as zero in &*g



127 and selects from the dictionary among the mean values 41,4;D2 with their associated
parameterization the mean value closest to 4*2. If tg's is the case for both mean values 41,4;p2, 41
resp. the parameterization pl, fi (resp. nl), al, PI, S]l selected from the dictionary. The mean value
selected from the dictionary is then transmitted together with 4*2 to the module 6003 of FIG. 16D. The
latter verifies whether the mean value selected by the module 6002 is within the interval Ho 10+
4*2,4*2+ oi, where CS >0 represents the standard deviation, freely selectable by the user, of the

Gauss distribution fictitio%‘dy get)aszzz? i 4’(‘%: (9 fl_ﬁ) = (% é (A%(me)((’(zpﬁ)*)ﬁ“ﬁ/dfihe mean value
selected by the module 6002 5 of FIG. 16D Is wfifin the | gerval lio + 4*2, 4*2+ oh the
parameterization selected by the module 6002 of FIG. 16D according to 6010 of FIG. 16D In the
arrangement of FIG. 6D tdspt k&G ris@n(whithishewk eghadfdoyhe bakeroficlhatydbezmplifier 717 and

the MS 20 mayix, phereipdigth of whighy areitgdg R@W&hrgu@ qnl *gn%gggs% the outputs 6006
Ly

and 6007 of FI% 15D are activated, likewise }he outguhs 60% and 6009 oé . The output 6006
of FIG. 15D run qnfbatrhgqﬁbﬁtré(ﬁé biofE‘Iée_LG%fttﬁ o] Yth D07 FIE. uns Into the Input
6007 of FIG. 1805thd 6btAr @008idiFIG02B8GLAs Mhtoth&IngliB008 dflFRG. 16D and the output
6h009 of FIG_. 25 fLﬁ};‘;?@]&ﬁgﬁle Iapuy:(}‘;(ag)Q g?}%séﬁ?éﬁgej%@]?e(@&ﬁa%& @I@f%@qw%cgy rer;resents
the output sig t) ir 0 . reference 0 irectly
represents thé@lﬁéu? ﬁagﬁ/)(?; frgfmeﬁ?\(égmgg—ﬁde %683 %? Ilg.ai , 6(])(5 SW:&?. f directly
represents theP8itbut SighQ08e 3Rt 16088 (19 frdrh the AR e 8BS ofEIG hE6D, 6009 of FIG. 16D

directly represeots epmrigutgjgnal@ads fheia] 6@y} owfthEin®dule ®008H FIG. 16D. These
signals, i@theaﬁ%prmir}gdﬁc@begw runs into the input 6006 of
FIG 16D, the output 6007 of FIG 15D runs into the
i nput 6007 of FIG 16D, the output 6008 of FIG 2B runs
into the input 6008 of FIG 16D and the out put 6009 of
FIG 2B runs into the input 6009 of FIG 16D. Reference
15 6006 of FIG 16D again directly represents the output
signal x(t) fromthe nodul e 6003 of FIG 16D, reference
6007 directly represents the output signal y(t) from
t he nodul e 6003 of FIG 16D, 6008 of FIG 16D directly
represents the output signal Re f'[x(t)] + g'[y(t)] from
20 the nodul e 6003 of FIG 16D, 6009 of FIG 16D directly
represents the output signal Imf [x(t)] + g’ [y(t)] from
t he nodul e 6003 of FIG 16D. These signals, in the
signal processing described above, are again to be
treated as if they represented the output signals of
25 FIG 5B, which with FIG 16D constitutes, in the
present exanple of application, an inseparable unit.

If the nean val ue sel ected by the nodul e 6002
of FIG 16D is outside the interval [-oc + &%, &%+ o |,
inaq+l'" step a q+1'" optimization is perforned in the

30 sane formas for the q'" step and for the g'f
optim zation. The process is repeated as |ong as
necessary until one elenment of the dictionary fulfills
t he above requirenents or a nmaxi num nunber of all owed
opti m zati on steps has been reached.



128 above, are to be treated as if they represented the output signals of FIG. 5B, which with FIG. 16D
then constitutes, in this example of application, an inseparable unit. If the mean value selected
by the module 6002 is outside the interval Ho + 4*2,4*2+ (51, in a Cith step a qth optimization is
performed according to W02011/009650, FIG. 15D, 2B, 3B to 5B on a signal section tg of any length.
The outputs of FIG. 5B are in 10 turn connected to the module 6001 of FIG. 16D and the invariants
(constituted at the intersection points 4, of the sum of the complex transfer functions ft[x(tg)] = [x(tg)/A/

2] * (-1 +i) and gt[y(tg)] i[5(§tg) sg thcl;gﬁ l%:ﬂ@% SPaR 9‘?‘ QY tlae veglors (1, 151, -2)
hé&

and (1, 1, 1) or also (-1, Iocate e 1stor aso 3fli quadrants of the complex

number planeJ W8d a8 t&th 'L?lh bﬁltgs'eﬂged‘ HI@%H&?@ nid¥el EBBRIes here with the real axis,
the axis x2, udpith ithe ahaginast a&xis) are0@l analpres antesmisrof ttheis stadistcdl ltkstribution. All Ejq

from the total pumber kg aFe adpge t 41 42602 t he4]s]eée?ﬁt'ﬁ AEReMELY (18t ") valid for all further
described_ope ces; th mean alue k 1 is, likewi e calcylated. The latter is in turn
o tognei T B hf Sher R (51 S/ (G Gl dd. & Helchhiad B mcGho of said
cithoptimizatioh© B0 tb Bh& first mean values 41, 41, 4Tias well as to their parameterizations pi, f1 (resp.
nl), al, Pl, sl; Y2, fz (resp. n2), a2, 132, sl; ...; yTh fg-1 (resp. ng02), NA, 5,4, in the dictionary valid for
all further described oper, iegzsqueqties/ Smf:&tnh)e rpe(rp)grye U2 (@£ )/"2)

where o>0 represents the standard deviation, freely
sel ectabl e by the user at the beginning of the entire

10 process illustrated here, 5004 the third nmean val ue
&°3, which remains within the inflexion points defined
by ¢ of the Gauss distribution 5005 of sane standard
deviation, fictitiously set as zero in &*; and thus
fulfills the convergence criterion.

15 In each case, the result is a paraneterization
¢, T (resp. n), a, Ppand and henceforth newy s, which
suppl i es a pseudost ereophoni c function that on average
is optimumin relation to all algebraic invariants.

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

Nevert hel ess, the nethod represented in FIG
16D in ternms of its convergence is considerably faster
30 for sufficiently long signal sections than nentioned
simul ati on nodel s, since algebraic invariants are
avai l able for the first time to serve as valid “points



129 ("stack") now contains more than one mean value, the module 6002 of FIG. 16D is then
activated. The latter calculates the mean vaﬂ# 4*q of all intersection points41,q stored in the
stack: k2kg :=++ . +4hqg+ 1(2. + lcq) hl = 1h2= =1 and selects from the dictionary among the
mean values 10 4M42,4,g with their associated parameterization p, f (resp. n), a, p, S, the mean value
closest to Vq. If this Is the case for different parameterrzatrons, the parameterization that appears
most often In the dictionary Is selected. If several parameterrzatrons 15 appear the same number of

times, the one tha o] ;widest scatiering. In the dicti ted, L e one for which the
difference d - 8?3 ﬁn%x?nﬁér,ﬁ%heﬁg r%p?’e@e% tf;{(iQasgtf arli%‘n (F:1 %mﬂ%r%fegxnﬁﬁréger of the
optimization sRMsHEEHEthERE 2@ ORdergone. If this too applies to several parameterrzatrons, the first

one that appears Is selected. If two mean values from 4l,E;D2,...0.;q are close tolnsofar as In a g-lth
step one of the two mean paldes 463R theasSeT RIS P ARSI HEattans Is 25 selected from the
dictionary, the very same ong resp, Jts assqciated p eteryzatrons Is retained. The mean value
seectodt from HADHEABTA NS i hahorh iAo crwit gt hes MERATEES of FIG. 16D The
latter verifies wiséthgr tHeemead iVl rdsdibet@atbyi thedBmodbrRI6HY2 bHEIGAED iPRRhIn the
Interval Ho Vg 4%y GRd, \vhaje 0>0 represents the standard deviation, freely selectable by the user at

the beginning of the entire process lllustrated here, of the Gauss distribution fictitiously set as zero In

Vg: 130 . . . .
Two further variant enbodi nents, illustrated in

FIG 7D and FIG 8D, of the circuits of FIG 3D and
FIG 4D, derived fromFIG E3 and FIG E6, which in

10 turn can be derived fromthe equations (3A) and (4A)
resp. fromFIG 4A and FIG 5A for the special case of
identical inversely proportional attenuations A = p,
are al so presented. The panorama potentioneters 411 and
412 of FIG 3D are in this case replaced with an

15 anplifier 717 with the anplification factor A; the sane
applies for the panorama potentioneters 511 and 512 of
FIG 4D.

According to the equations (3AA) and (4AA), the
vari ant enbodinents of FIG 9D and FIG 11D can be
20 derived fromFIG 7D and FIG 8D and, in the sane way,
according to the equations (3AAA) and (4AAA) the
variants of FIG 10D and FIG 12D can be derived.

FIG 17D illustrates a sinplification of the
circuit schema 309 of FIG 2D for the case L', =L'.
25 This case arises for exanple when the fictitious
openi ng angles are symetrical with the main axis, i.e.
for o = B, wherein ¢ = 0 applies.

FIG 18D illustrates a sinplification of the
circuit schema of FIG 6A for the case L', =L’g. This
30 case arises for exanple when the fictitious opening
angles are symmetrical with the main axis, i.e. for o =
B, wherein ¢ = 0 applies.



C (zg= (1 / (-02n) *))*e -0(2)*(((zr2)(G-2) If the mean value selected by the module 6002 of FIG. 16D Is
within the Interval+ *q, *q+ Gh the parameterization selected by the module 6002 of 5 FIG. 16D
according to 6010 of FIG. 16D In the arrangement 0f FIG. 6D resp. FIG 15D resp. the outputs 6006
and 6007 of FIG. 15D are activated, likewise the outputs 6008 and 6009 of FIG. 2B as well as the
corresponding Inputs and outputs of FIG. 16D. The 10 output 6006 of FIG. 15D runs Into the Input
6006 of FIG. 16D, the output 6007 of FIG. 15D runs Into the Input 6007 of FIG. 16D, the output 6008

of FIG. 2B runs Into the Ryt 6 g%qf @If%é?%gg@atgga Wt; qqogaqfi%g. gIB Eng, Into the Input

6009 of FIG. 16D. Reference 15 6006 gain dir ctll%/grepresents the output signal x(t) from

the module 6003 of IS WEBL rdiBferiddes (B Girdctly Tepresehtd thet@fBuEibAgsy(hqFom the
module 6003 eix@liG |16 DMe@08tdid-1GL ¢6Dtdimctly oppreisegtsathglcespatrsignal Re flx(t)] + gly(t)]

from 20 the mg?Wﬁquq:BC%ﬁ FIG- 160 @Qogﬂf,ﬁgx;@p qir_e,gjtlyf%qareéegtsﬁt'hevmgp@q gjgnal Im fix(t)]
+ gly(t)] from the madule 6003 of FIG. 56D. Thes? Sif;.nals, In the Tign%lq&rocessin? described above,
are againto b& trea edaggllf'tﬁgy reédjrg eftted'tHB'ou dlﬁ%ﬁdr%rl's 8t 28 . §I§P\R/h chwith FIG. 16D

constitutes, INGRAYrEEHNI@xaaple bEappliRfatibhvah Irsepiafsile thitss M If the mean value

selected by the geedule 8§02 d1Gs 16RUS oxtside theyintgrval Ho + *q, *g+ |, in a g+lth step a g+lth
optimization is performed in the 30same form as for the Cith step and for the cith optimization. The

process is repeated as long as necessary until one element of the dictionary fulfills the above
requirements or a maxintriPnuder dfl dnstvedtdtindz&ddit stebs BALIDERhaRhchEd. 131 FIG.
5C shows the EpavergeDce iebawion of the jaspesthblisitedoneigating functien for three optimization

steps: 5Q@1 represents f}gtWﬁ %%?%E@Jirﬁhmiépﬁ’aé‘% 41 ?0%[5}?%%%‘?@ mgan value 42, 5003 the

first Gauss distribution fictitiously set as zero in *z:

sinplest circuit formthat in its exact angl e-dependent
virtualization of a classical Ms array is not trivial.

FIG 21D illustrates a sinplification of the
circuit schema 409 of FIG 3D |ikewi se for the case L',
15 =L’s. This case arises for exanple when the fictitious
openi ng angles are symetrical with the main axis, i.e.
for o = B, wherein ¢ = 0 applies. As nentioned in
WO2009/ 138205, for this sinplification also the
foll ow ng expression applies:

20 f2(a)/ (4 sina) + f2(¢) — (f(a) * f(@) *
sing)/sin a

may not be equal to zero nor an el enent of an
envi ronment of zero.

FIG 22D illustrates a sinplification of the
25 circuit schema of FIG 13D likewi se for the case L', =
L's. This case arises for exanple when the fictitious
openi ng angles are symretrical with the nmain axis, i.e.
for o = B, wherein ¢ = 0 applies. As nentioned in
WO2009/ 138205, for this sinplification also the
30 follow ng expression applies:

f2(0)/ (4 sin®a) + f2(g) — (f(a) * f(g) *
sing)/sin a



C(z2)=(1((2n)*0)) * e where >0 represents the standard deviation, freely selectable by the user at
the beginning of the entire 10 process illustrated hﬁ% 5004 the third mean value which remains within
the inflexion points defined by of the Gauss distribtition 5005 of same standard deviation, fictitiously
set as zero in 4*3, and thus fulfills the convergence criterion. 15In each case, the result is a
parameterization p, f (resp. n), a, Pand and henceforth newly s, which supplies a pseudostereophonic
function that on average is optimum in relation to all algebraic invariants. As the number of signal

sections increﬁ%‘?s, NP? 28 i%tqutlioq 8f ‘{‘&riBteﬁ%‘?CtQﬁ' péqirétﬁEAh?f tl(;]e aéglebraic invariants on the
half-plane respectively anaé%/ze with the complex humber plane approximates the Gauss distribution.
The smaller tHetHJsBATREA d & dekfdtion CS is, the closer to ideal the resulting 25 parameterization

will be. However, as an only finite number of signal sections are available, CS should not be chosen

too small. Neverthglegs, themnethoddepraseatedhin i 460,/ terms of its convergence is

conside_ra_bly faster 30 for sufficiengy Ion\g s'gr_lal secE S tgﬁg entioned simulation models, since
algebraic mvaﬁéﬁ@;l drg'a%héﬁ@f Fthe fﬁét tflrﬁg% sg%e vg:\d 'k)%%tgelrg? bf Fé?grence" for a
weightingSof akéagy teterlined paeintdtarizdtibrel eresihaftérliveavaliaht 2mbodiments,
provi ded that the attenuation fo the left input signal
L is equal to the attenuation for the right input
signal p — are replaced with the anplification of the S
signal by the factor A represented here (for deriving
10 this fact, see the above formulae (3A) and (4A)). The
case L', =L’ arises for exanple when the fictitious
openi ng angles are symetrical with the nmain axis, i.e.
for o = B, wherein ¢ = 0 applies. Such a sinplification
al so supplies convincing results that rival a first-
15 <class Ms recording, and is thus not trivial. As
menti oned i n WO2009/ 138205, for this sinplification
al so the follow ng expression applies:

f2(a)/ (4 sin®a) + f2(g) — (f(a) * f(g) *
sing)/sin a

20 may not be equal to zero nor an el enent of an
envi ronment of zero.

FIG 24D illustrates a circuit equivalent to
FIG 23D, wherein the anplification factor A is
directly integrated in gain S It represents a sinple
25 circuit formthat in its exact angl e-dependent
virtualization of a classical Ms array is however not
trivial. As nentioned in WO2009/ 138205, for this
sinplification also the foll ow ng expression applies:

f2(0)/ (4 sin®a) + f2(g) — (f(a) * f(g) *
30 sing)/sin a

may not be equal to zero nor an el enent of an
envi ronment of zero.



represented in FIG. 13D and FIG. 14D, are presented 5 using the modified MS matrix described by the
equations (1A) and (2A). Two further variant embo%i ents, lllustrated in FIG. 7D and FIG. 8D, of the

circuits of FIG. 3D and FIG. 4D, derived from FIG.1 and FIG. E6, which in 10 turn can be derived

from the equations (3A) and (4A) resp. from FIG. 4A and FIG. 5A for the special case of identical
Inversely proportional attenuations k = p, are also presented. The panorama potentiometers 411 and
412 of FIG. 3D are in this case replaced with an 15 amplifier 717 with the amplification factor?; the

lies for th ti d 512 qf .Fl 3 i th ti
() and (484, the var P orme o AT oo o1 L 1 et A e e 7D
and FIG. 8D ahtll fthk SRRy bing! (5 thé Bqlbtiend EARY ald B1£R&PiHe variants of FIG.

10D and FIG. 22D caiittiesderaee. &G sED fillustratesg senpifieatibmef thectirduitwchema 309 of

FIG. 2D for the,Gase hat aHBI &3 ThISCaspRrisas fonpxaimple When the fictifigus opening angles are
symmetrical wjth the maip axis, i.e. for a :_130Wher§|n§/ = 0 applies. FIG. 18D illustrates a
simplifica%fon fotﬁe%ir_cuﬁ'sc EOFI®. BAMP IR b&se LG —@F.nfﬁig'%% dsB arises for example

when the fictit\d08 pdhidfatdies bos symhtetscamiit iheahhipnaas, S@. fidvea = 13, whereiny =0
applies. fol | owi ng expression applies:

F2(B)/ (4 sinp) + f2(@) + (f(P) * f(o) *
singp)/sin B

10 nmay not be equal to zero nor an elenent of an
envi ronment of zero.

FIG 26D illustrates a sinplification of the
circuit schema of FIG 14D |likew se for the case L', =
L's. This case arises for exanple when the fictitious
15 opening angles are symetrical with the nmain axis, i.e.
for o = B, wherein ¢ = 0 applies. As nentioned in
WO2009/ 138205, for this sinplification also the
foll ow ng expression applies:

F2(B)/ (4 sinp) + f2(@) + (f(P) * f(o) *
20 singp)/sin B

may not be equal to zero nor an el enent of an
envi ronment of zero.

FIG 27D illustrates an inventive
sinplification derived fromFIG 4D |ikew se for the
25 case L', =L’3, wherein the el enents 511 and 512 -
provi ded that the attenuation fo the left input signal
L is equal to the attenuation for the right input
signal p — are replaced with the anplification of the S
signal by the factor A represented here (for deriving
30 this fact, see the above fornmulae (3A) and (4A)). The
case L', =L’ arises for exanple when the fictitious
openi ng angles are symetrical with the main axis, i.e.



133 FIG. 19D illustrates a simplification of FIG. 6D, likewise for the case L'a =lip. This case
arises for example when the fictitious opening an%ga%are symmetrical with the main axis, i.e. for a =
13, wherein y = 0 applies. Such a simplification al y supplies convincing results that rival a
first-class MS recording, and is thus not trivial. FIG. 20D illustrates a circuit equivalent to FIG.
19D, wherein the amplification factor? is 10 directly integrated in gain S’ It represents the simplest
circuit form that in its exact angle-dependent virtualization of a classical MS array is not trivial.

FIG. 21D ill implificatl t Ircyit 40 IG, ' [ L'a 15
i This case Sisth fo a1 ARor the FOLTIBER DSAing AR Bl Sre DA S the main

axis, i.e. for a &l 50 WHERBh \PS CAMeRCAB ERRINSn 8082069/1 38285 ftbF Bis simplification also
the following exipasssidvBapeleas: @0fR{a) Afadsin®a) hi(yhetf (B) ¥ ¥ipak sinds /sin a may not be equal
to zero nor an gleephelan ﬁnmgmtl@gf@g., FI]Gbrzzl[)rﬁllg_s@@tﬁ&q simpdificggipn of the 25 circuit

schema o FIG.I 13D Iikewife fgr the case L'a = L'. This case .arises for example when the fictitious
opening gIe§ a8 s(/Hﬁn t% QA th T aRis Oe 3BPA'PE3, wherein y = 0 applies. As mentioned
in W02009/138205, for this simplification also the 30 following expression applies: f2(a) / (4 sin2a) +

f2(y) - (f (a) * f(p) * siny) fstn @ A4 naay ARt be pgug) torzgrp(pr an eleg)ent of an environment of
zero. FIG. 23D iI|UStrateSs€f‘r}1iEBVF§]|ti\ﬁe l§implification derived from FIG. 3D, likewise for the

may not be equal to zero nor an el enent of an
envi ronment of zero.

10 FIG 28D illustrates a circuit equivalent to
FIG 27D, wherein the anplification factor A is
directly integrated in gain S, It represents a sinple
circuit formthat in its exact angl e-dependent
virtualization of a classical Ms array is however not

15 trivial. As nentioned in WO2009/138205, for this
sinplification also the foll ow ng expression applies:

F2(B)/ (4 sinp) + f2(@) + (f(P) * f(o) *
singp)/sin B

may not be equal to zero nor an el enent of an
20 environnent of zero.

When appl ying the considerations on FIG E1 and
FIG E2, see above, the variant enbodinents illustrated
enabl e furthernore the foll owi ng new variants accordi ng
to FIG EBE9, FIG E10, FIG Ell1, FIG E12, FIG E13,
25 FIG El4, FIG E15, FIG E16 and FIG E17 for the
speci al case of identical inversely proportional
attenuations A = p.

FIG E9, taking into account FIG El resp. the
equations (3AA) and (4AA) illustrates a sinplification

30 of FIG 6D Ilikewise for the case L', =L’s. This case
ari ses for exanple when the fictitious opening angl es



5case L'a=12)3, wherein the elements 411 and 412 - provided that the attenuation fo the left input
signal k is equal to the attenuation for the right inp ;;1 ignal p - are replaced with the amplification of the
S signal by the factor k represented here (for deriving 10this fact, see the above formulae (3A) and
(4A)). The case L'a =Up arises for example when the fictitious opening angles are symmetrical with the
main axis, i.e. for a = 13, wherein y = 0 applies. Such a simplification also supplies convincing results
that rival a first- 15 class MS recording, and is thus not trivial. As mentioned in W020094138205, for

this smphﬂcatgjrneal%?ﬁ%{qllo(\fvéng [‘t)l’ﬁS?Iﬁ? a}%hﬁs f%@4(1f Slé12q B,fz(é() ((&éa) f(y) * siny)4sin a

20 may not be equal 1o zero nor an element of an environment of zero. 24D illustrates a

circuit equival¥habge. 930, WrarBhiteS amifiBatortdmirkfid Bﬁ‘éétﬂf‘ln?édrﬁt%QMn gain 5'13. It
represents a siapie 2% sircanformcthaginriesetdct anpb-deperadend virtuadizatidrasfa bassical MS

array is howe\feé(g&t @nlv@l Ag haentionegl jg VMg@OQ%lﬁ%OS for this simplification also the following
expression applies: f2(a)4(4 sin20 + f2(y) - (f(a) * f(y) * 30siny)4sin a may not be equal to

zero nor an element of an environment of zero. 135 FIG. 25D illustrates a simplification of the
circuit sciema 509 of FIG! 4B likd@iset fak titdcady 0aat R UIis Ehse akges i exaiiife when the

fictitious openlé\gmgleﬁqgr gmm)etrm withAhaymain|axiss teafass 3 13, wherein y = 0 applies. As
2.‘?21'3{‘?%‘&%“0?@(&?1 s %‘Enff;‘;f%r‘sa%e S T SR et oran
environment ok zerolNi S case arises for exanple V\,hen the fictitious
openi ng angles are symetrical with the nmain axis, i.e.
10 for a = B, wherein ¢ = 0 applies. Such a sinplification
al ready supplies convincing results that rival a first-

class M5 recording, and is thus not trivial.

FIG El1l, taking into account FIG E2 resp. the
equations (3AAA) and (4AAA), illustrates a circuit
15 equivalent to FIG ELO0, wherein the anplification
factor M’ is directly integrated in gain S, It
represents the sinplest circuit formthat in its exact
angl e-dependent virtualization of a classical M array
is not trivial.

20 FIG E12, taking into account FIG 23D resp.
the equations (3AA) and (4AA), illustrates an inventive
sinplification derived fromFIG 3D, |ikew se for the

case L', =L, wherein the elenents 411 and 412 —
provi ded that the attenuation of the |eft input signal
25 X is equal to the attenuation for the right input
signal p — are replaced with the anplification of the M
signal by the factor 1/Arepresented here (for deriving
this fact, see the above fornulae (3AA) and (4AA)). The
case L', =L’ arises for exanple when the fictitious
30 opening angles are synmetrical with the main axis, i.e.
for o = B, wherein ¢ = 0 applies. Such a sinplification
al so supplies convincing results that rival a first-
class M5 recording, and is thus not trivial. As
menti oned i n WO2009/ 138205, for this sinplification
35 also the follow ng expression applies:



FIG. 26D illustrates a simplification of the circuit schema of FIG. 14D likewise for the case L'a = L".
This case arises for example when the fictitious 1%§ﬁ)ening angles are symmetrical with the main axis,
i.e. for a = 13, wherein y = 0 applies. As mention W020094138205, for this simplification also the
following expression applies: f2(13)4(4 sin213) + f2(y) + (UP) * f(p) * 20siny) /sin 13 may not
be equal to zero nor an element of an environment of zero. FIG. 27D illustrates an inventive
simplification derived from FIG 4D likewise for the 25 case L'a —Iip, wherein the elements 511 and 512
- provided that the attenqai #efﬁz u}_s kis e @htﬁq nu,atron for the right input
signal p - are replaced Wlth |cat| n of the S signal represented here (for
deriving 30this fact, see t?l'erH@dv%' fBrifulae (3A) and (4A)). The case L a =lip arises for example when
the fictitious opening angles are symmetrical with the main axis, i.e. 136 for a = p, whereiny =0

applies. Such ﬁ@mﬁgf[rcaé@neqi%purprg,llelseqqpvmn%pe%ltéﬁg@&rlv@ afjyst-class MS recording, and
is thus not trivial.” As mentroneg;n W02009/138205, for this simplification also the following expression

applies: f2(13)?@vérﬁ?{‘§55p 2( %8[35’* f(p) * siny) /sin p may not be equal to zero nor an element of
an environment of zero. 10FIG. 28D illustrates a circuit equivalent to FIG. 27D, wherein the

amplificatgpn factork is dipgatly iptegrated i ggin, &tlbrepf@@emg apsi@plegirsyibiopm that in its exact
angle- depend%nt vrrt ﬁlrztatrgn of Q"f@@'c%{ hOV\ﬁVSI’ th %.%Igrrvr%l As mentioned in
{Fre fol owr

W02009/1382 for IS simpli expression ap?
i nventive si rrp i fication Irkevvr se derived fromFI G 3D,

i kewi se for the case L', =L’g, wherein the elenents 411
and 412 — provided that the attenuation of the l|eft

10 input signal A is equal to the attenuation for the
right input signal p — are replaced with the
anplification of the Msignal by the factor 1/t resp.
the anplification of the S signal by the factor A
represented here (for deriving this fact, see the above

15 fornmul ae (3AAA) and (4AAA)). The case L', =L’g ari ses
for exanple when the fictitious opening angles are
symmetrical with the main axis, i.e. for o = 3, wherein
@ = 0 applies. Such a sinplification also supplies
convincing results that rival a first-class M

20 recording, and is thus not trivial. As nentioned in
WO2009/ 138205, for this sinplification also the
foll ow ng expression applies:

f2(0)/ (4 sina) + f2(g) — (f(a) * f(o)
sing)/sin a

25 may not be equal to zero nor an el enment of an
envi ronment of zero.

FIG El4, taking into account FIG 23D resp.
the equations (3AAA) and (4AAA), illustrates a circuit
equi valent to FIG EL13, wherein the anplification

30 factor M is directly integrated in gain S It
represents a sinple circuit formthat in its exact
angl e-dependent virtualization of a classical M array



f2(13)/(4 sin213) + f2(y) + (UP) * f(p) * siny) /sin p may not be equal to zero nor an element of an
20 environment of zero. When applying thelﬁJ siderations on FIG. El and FIG. E2, see above,
the variant embodiments lllustrated enable furthermore the following new variants according to FIG.
E9, FIG. E10, FIG. Ell, FIG. E12, FIG. E13, 25FIG. E14, FIG. E15, FIG. E16 and FIG. E17 for the
special case of identical Inversely proportional attenuations k = p. FIG. E9, taking into account
FIG. El resp. the equations (3AA) and (4AA) illustrates a simplification 30 of FIG. 6D likewise for the

case L'a =Up. TQI%B?SF{ ar |§/e?sf1£or eégn}pé%whgﬁéae flﬁth ?%?5 Ies Aaﬁe? §ymmetr|cal
ifl

with the main axis, i.e. for eln%/] g lies. Such a simplification alrea supplies
convincing resti@Rh A hER G RE-AhSO M Fadd? ihg e g |Sefﬁﬂrsefﬁﬁ'trﬂﬂalapp ' ef5IG E10, taking
into account FIG. E2 resp. the equations (3AAA) and (4AAA), illustrates a simplification of FIG. 6D

likewise for the case L'a F ajl' mszpasqe@%% f@lz(azﬁ?mplq yvpgp theﬁ‘lg%z us opening angles are
W S

symmetrical with the maln aE)}(@ e 10 for erein 'y = 0 applies. Such a simplification already
supplies convincing resufts tHAlt r@'apaci‘lrst class MS recording, and is thus not trivial. FIG. Ell, taking
into account FIG. E2 resp. the equations (SAAA) and (4AAA), illustrates a circuit 15 equivalent to FIG.

E10, whergin W@arﬁgijfiqgéiog(j@gpr’f is diseglyriptegsated| i @it Saf It ggpresents the simplest circuit
form that in its %x\;\c‘t:? 9r§ :ﬂ% pefn V|rtuaI|zat|on of a classical MS array is not trivial. 20FIG. E12,
taking into account G resp equatlons (3AA) and (4AA), illustrates an inventive
simplification derived from FIG. 3D, likewise for the case L'a =lip, wherein the elements 411 and 412 -

provided that the attenuaip@.of Elltsleﬂt iap'uh@jghaltiiﬁ kisequal teItiE aggmuatexspfor the right input
signal p - are raplaGe %%ﬁth  Giane gnoof i sign gﬂl B fesirctordirenipantiegdere (for
deriving this fact, see eabove 3AA and 4AA
simplification derlvedfrom 3D i kewi se for the
10 case L', =L’3, wherein the elenents 511 and 512 -
provi ded that the attenuation of the |eft input signal
L is equal to the attenuation for the right input
signal p — are replaced with the anplification of the M
signal by the factor 1/Arepresented here (for deriving
15 this fact, see the above formulae (3AA) and (4AA)). The
case L', =L’ arises for exanple when the fictitious
openi ng angles are symetrical with the main axis, i.e.
for o = B, wherein ¢ = 0 applies. Such a sinplification
al so supplies convincing results that rival a first-
20 class Ms recording, and is thus not trivial. As
menti oned i n WO2009/ 138205, for this sinplification
al so the follow ng expression applies:

F2(B)/ (4 sin®p) + f2(9) + (f(B) * f(o)
sing)/sin B

25 may not be equal to zero nor an el enment of an
envi ronment of zero.

FIG EL16, taking into account FIG 27D resp.
t he equations (3AAA) and (4AAA), illustrates an
inventive sinplification derived fromFIG 4D, |ikew se
30 for the case L', =L, wherein the elenents 511 and 512
— provided that the attenuation of the left input
signal A is equal to the attenuation for the right



case L'a =lip arises for example when the fictitious 30 opening angles are symmetrical with the main
axis, i.e. for a = 13, wherein y = 0 applies. Such a:/]rsé]ryplification also supplies convincing results that
rival a first-class MS recording, and is thus not trivial:’ As mentioned in W02009/138205, for this
simplification 35 also the following expression applies: 138 f2(a)/(4 sin2a) + f2(y) - (f(a) * f(y) *
siny)/sin a may not be equal to zero nor an element of an environment of zero. FIG. E13, taking
into account FIG. 23D resp. the equations (3AAA) and (4AAA), illustrates an inventive simplification

likewise deriqulgalfn Igliaqarﬁ{_?, li egvis?:;r fé’rr[%%f:aot.%eeﬁlamﬂﬂ’ wherein e @p&&nit%ﬁl and 412 -

provided that the attenuation of the left 10 input signal k is equal to the attenuation for the right input

signal p - are fépfaddcshv@ntle Bhplifi@atfoddihe M GigiRd By thE$a@8PL/i FASR MO Amplification of
the S signal bythd faet® ks reprakemgdtbese f(foc Deriviky thy s rseedhbabevéfidformulae (SAAA)

and (4AAA)). Hie CosR4 & TR ofises forsadmple Vﬂm@eff&tiﬁﬂvﬁép?@iﬂﬁﬁ?”%ﬁjare symmetrical
with the main axis, i.e..for a = 13, wherejny =0 a Plies. Such a sima{)lifif:atiog also Sﬁj plies convincing
results that rivg t)claszthlslscf’(? F’eéordin‘g',‘ é?ng id TR AR triviZP AR e XVt o i 02009/138205,
for this simplifich@idh bisoupeFORBWIRG cxped SHordaBplsTRERY/(£ 8in2w) tH2E/MHe (i@ Ni(y) * siny)/sin
a 25 may not bg pgualitogere gpr gn-elgmenk ef anp gnyirenmenpei 7659. SucHI&. E14, taking into

account FIG. 23R £p9# 105 PIKRTLIS CAANATLEMYh SRS REIFYIL eqyplent to FIG. E13
wherein the amplification ™ . .
rival a first-class Ms recording, and is thus not

10 trivial. As nentioned in WO2009/138205, for this
sinplification also the foll ow ng expression applies:

F2(B)/ (4 sinp) + f2(@) + (f(P) * f(o) *
singp)/sin B

may not be equal to zero nor an el enent of an
15 environnment of zero.

FIG ELl7, taking into account FIG 27D resp.
the equations (3AAA) and (4AAA), illustrates a circuit
equi valent to FIG E16, wherein the anplification
factor A’ is directly integrated in gain S, It

20 represents a sinple circuit formthat in its exact
angl e-dependent virtualization of a classical M array
is not trivial. As nentioned in WQ2009/138205, for this
sinplification also the foll ow ng expression applies:

F2(B)/ (4 sinp) + f2(@) + (f(P) * f(o) *
25 sing)/sin B

may not be equal to zero nor an el enent of an
envi ronment of zero.

In the sane way, incidentally, in FIG E14 the
anplification factor 1/t (which is then to be
30 multiplied with the anplification factor Py ) can be
integrated into the gain Mresp. in FIG EL7 the
anplification factor 1/t(which is then to be



30factor?" is directly integrated in gain S'p. It represents a simple circuit form that in its exact
angle-dependent virtualization of a classical MS array 139 is not trivial. As mentioned in
W02009/138205, for this simplification also the following expression applies: f2(a)/(4 sin2a) + f2(y) - (f
(@) * f(p) * siny) /sin a 5 may not be equal to zero nor an element of an environment of zero. FIG.
E15, taking into account FIG. 27D resp. the equations (3AA) and (4AA), illustrates an inventive
simplification derived from FIG. 3D, likewise for the 10 case L'a =Up, wherein the elements 511 and

512 - prowdedntmaf i}ﬂ gté%p%tpﬂ Tﬁ ||np p%lﬁf{)%‘%ﬂ%{tactor f}teeaﬂtl%for the right input

signal p - are replaced with the am ation, oft S|gna ?represented here (for
deriving 15 this'1h&95&¢ &tk él%\?b AU (3AM) and (4AA)). The case L'a =Up arises for example
when the fictitious opening angles are symmetrical with the main axis, i.e. for a = 13, whereiny =0

applies. Such a simplificatjom qlge |s pplheqztpqgwrgsirzg f‘?%'“éﬁﬁﬁ'i iy firsh 2046 MS recording,
and is thus no g/l?\é@s ention |n W02 09/13;3205 for this S|m I|f| ation also the following
f

expression ap 4 s?ni g 112%/) (lﬂrfs' ’tf(B L€ yW may not be equal to zero
nor an elémerapbhfdre@bheent acteio. Pv ) F86. BEG) takm@rlﬁtoe&hddthFt(B.eﬂD resp. the
equations (3AQA) @nfh (A4, illustrates aEisvem{blea‘-‘rmpiiﬁtiai@mi daiiveddtan F%) 4D, likewise 30
for the case Lg LIJ wh re r],]thﬁ qlgmﬁ n%rl]H 1& 'vﬁrPHidFH th%tntrr)lfa.qtt eggﬁ,tig'p] of the left input
signal k is equ e at enuation for

actor Pv’) can belntegratedlntothe gain M

N.B. FIG 11F shows the total possible

10 paraneter conbinations for the paranmeter f (resp. n)
whi ch describe the directional pattern of the signa
that is to be rendered stereophonic, the angle ¢ — to
be ascertained manual ly or by netrol ogy — encl osed by
the main axis and the sound source, the fictitious |eft

15 opening angle o and the fictitious right opening angle
B. These paraneter conbi nations, which each include one
line of FIG 11F, can be derived fromthe foll ow ng
equations (1D) and (2D) as well as fromthe
amplification factors P, resp. Ps resp. P, resp. Py

20 resp. Py resp. Py’ fornmed fromthe discrimnants of
the equations (1D) and (2D) according to WX2009/ 138205,
wherein “X’ desighates those paraneters of the
foll ow ng equati ons on which the respective circuit
depends; other paraneters yield constants or val ues

25 equal to 1 or 0. The associated conments represent
concrete cases in which the respective paraneter
conbi nation is encountered. In particular, for FIG 15
of WOR009/ 138205, the follow ng equations apply:

(1ID) L =Ls* s ={- f(a)/(2sina) +
30 [12(a)/ (4sina) + f2(e) = (f(o)* f(¢) * sing) /

sina ]} * s

and



140 input signal p - are replaced with the amplification of the M signal by the factor 1/i resp. the
amplification of the S signal by the factor ?'represrigi d here (for deriving this fact, see the above
formulae (3AAA) and (4AAA)). The case L'a =Up es for example when the fictitious opening angles
are symmetrical with the main axis, i.e. for a = p, wherein y = 0 applies. Such a simplification also
supplies convincing results that rival a first-class MS recording, and is thus not 10 trivial. As mentioned
in W02009/138205, for this simplification also the following expression applies: f2(13)/(4 sin213) +

f2(y) + (UP) é(EE siny) Lsm o8 maygor_b écm )an.elgment of an 15 environment of
zero. 17 takiri nglnto accoun tFl [5\ ther’%atlons éSAAA) and (4AAA), illustrates
E

a circuit equivalent to FIG FEQB) (Nﬁ@?élﬁ‘ tAd aJan)Ilﬁé%)tloﬁ faEfoPY i$ dirk®y int&drBRd i gain S'a It 20
represents a simple circust fopm]thatingts exact angle-dependent virtualization of a classical MS array
is not trivial. As mentioned in W02009/138205, for this simplification also the following expression
applies: Jéj é_FeS|n213) + f2(y) + (UP) * f(p) * 25siny) /sin p may not be equal to zero nor
an element of &n i nt of zero. In the same way, incidentally, in FIG. E14 the
amplification factor 1/T (which is then to be 30 multiplied with the amplification factor Pm’) can be

integrated;into the gain l\.{brespZQraxj:,l@4E§,7 ,ﬁﬁ@)ampliﬁ(:@jon_fa(cﬁqra;/i (wmigt}))'s then to be 141
multiplied with the ampllflca}l a(]:th Pm") can be integrated into the gain M. Similarly,in FIG.
E12 the amplification fac?or (WhICh Is then to be multiplied with the 5 amplification factor Pm’) can
be integrated into the gain M resp. in FIG. E15 the amplification factor 1/k (which is then to be
multiplied withahd amplification factor Pm") can be integrated into the gain M.

Pe=f2(B)/ (4 sin’p) + f%(¢) + (F(B) * f(og)
sing)/sin B,

10 for the FIG 16 of WR2009/ 138205 t he equati ons

(1ID) L =Ls* s ={- f(a)/(2sina) +
[17(o)/ (4sina) + f%(¢) = (f()* f(g) * sing) /
sina ]} * s

and

15 (2D Ly =Lg* s ={- f(B)/(2sinB) +
[f2(B)/ (4sin®B) + f2(¢) + (f(B) * f(9) * sing) /

sinB ]} * s

as well as

Pu =1/[f*(a)/ (4 sino) + f%(¢) — (f(w) * f(o)
20 sing)/sin o]

and

Pe =[f2(B)/ (4sin®B) + f2(¢) + (f(B) * (o)
sing) / sinp ] /[f?(a)/ (4 sina) + f2(¢) — (f(a)
*f(e) * sing)/sin a],



N.B. FIG. 11F shows the total possible 10 parameter combinations for the parameter f (resp. n) which
describe the directional pattern of the signal that Ia;f)% be rendered stereophonic, the angle y - to be
ascertained manually or by metrology - enclosed he main axis and the sound source, the fictitious
left 15 opening angle a and the fictitious right opening angle p. These parameter combinations, which
each Include one line of FIG. 11F, can be derived from the following equations (1D) and (2D) as well
as from the amplification factors Pa resp. Pp resp. Pa' resp. Pp' 20 resp. Pm' resp. Pm" formed from

the discriminam?eqféh§ﬁgug%?%g%)ﬁ?pif@&lgﬁ&qdm%m QZQCh?é@i%%gg\@%irein "X

designates those(esoargmeters f wing eq ns on which the uit depends; other
parameters yi€ld®onstaHt '8! {8Bs 25 edBY t§2orRe T#RUNsoLRES EBmA¥nt& epresent concrete

cases in whiclethenespeotiveaparamete ooorabinatibn zeencountered. In particular, for FIG. 15 of
W02009/138205, the following equations apply: (1D)La' = Las = {- f(a)/(2sina) + 30[f2(a)/(4sin2a) +

] . L . ke 1. . . ) N N
(10)* 1) - SBG 1GR3 - B i a0 4 5205 55 S 8 sim fsn o anc
Pp=f2(13)/ (4 sin213) + f2(y) + (f (13) * f(p) siny) /sin 13,
5 (1D Ly =Ly * s ={- f(a)/(2sina) + V
[f2(0)/ (4sina) + f2(¢@) — (f(a)* f(¢) * sing) /
sina ]} * s

and

(2D) Ly =Lp* s ={- f(B)/(2sinB) +

10 [f2(B)/(4sin?B) + f2(¢) + (f(B) * f(g) * sing) /
sinfB ]} * s

as well as

Pu’ =1/[f2(B)/(4sin®B) + f2(¢) + (F(B) * f(g) *
sing) / sinp ]

15 and

P, =[f*(a)/ (4sin®a) + f2%(¢) — (f(a)* f(g) *
sing) / sina ] /[f*(B)/(4sin’p) + f%(¢) + (f(P)
* f(9) * sing) [ sinp ],

where the expression [f2?(B)/(4sin?p) + f2(¢@) + (f(P) *
20 f(@) * sing) / sinB ] nmay not be equal to zero nor an
el enent of an environnent of zero. The principles given
above by way of exanple for the sinplification of the
circuit schemata according to FIG 15 resp. FIG 16
resp. FIG 17 of WO2009/ 138205 or al so according to
25 EP1850639 for the case L,, = Lg or P, = Pg or also for
the case of identical discimnants of L, and Lg, if
appropriate in conbination with the inversely
proportional attenuations A or p or with the
anplification factors 1/Xx or 1/t or X', can be applied



10for the FIG. 16 of W02009/138205 the equations (1D)La' = La.s ={- f (a) / (2sina) + [f2(a) / (1sin2a)
+ f2(y) - (f (&)* f(p) * since / sina* s and 15(2D)Lpf = hp s={-f(P)/(2sIn13) + [f2(0) / (1sIn213) +
f2(y) + (f (0) * f(p) * slug)) / sid-13 11 * s as well as14 Pm'=1/[f2(a) / (1 sin2a) + f2(y) - (f (a) *
f(p) 20siny) /sin a] and Pp' = [f2 (13) / (4sin213) + f2(y) + (f (0) * f(p) * siny) / sinf3 | af2(a) / (1 sin2a) +
f2(y) - (f (@) * f (p) * siny) /sin a], 143 where the expression [f2(a)/(4 sin2a) + f2(y) - (f(a) * f(y) *
siny)/sin a | may not be equal to zero nor an element of an environment of zero, and for the FIG. 17 of

D P Y Y i (oL Btrgg) - ) - ()
accor |ng to I'n partlcular FIG 11F shows —
see for exanple the cases of constant values for the
angle ¢ — that the angle (¢) to be ascertai ned nmanual |y
5 or by netrology, enclosed by the main axis and the
sound source, can al so be chosen or stipul ated

arbitrarily.

N.B. If o lies to the left of the main axis of
the nono signal that is to be rendered stereophonic, ¢
10 is positive; if on the contrary ¢ lies to the right of
the main axis of the nono signal that is to be rendered
st ereophonic, ¢ is negative.

N.B. In particular, instead of the respective
cal culation of the tine differences L, or Lg or La or Lg
15 or Ly or Lg or Ly or Lg resp. of the anplification
factors P, or Py or P,/ or Pg or Pyor Py or Py’ or Pa
or Pg, if appropriate taking into account the inversely
proportional attentuations A or p or the anplification
factors 1/A or 1/t or X, it is also possible to use a
20 dictionary with correspondi ng values for the inventive
del aying or anplification of the input signal that is
to be rendered stereophonic. For exanple, o resp. B
resp. ¢ can be varied in 5° steps and a correspondi ng
di cti onary can be created on the basis of the val ues
25 obtained for the time differences L, or Lg or La or Lg
or L, or Lg or LA or Lg resp. for the anplification
factors P, or Py or P,/ or Pg or Pyor Py or Py’ or Pa
or Pg, if appropriate taking into account the inversely
proportional attentuations A or p or the anplification
30 factors 1/A or 1/t or A'.

FIG 4F illustrates the sinplest form of
application of all-pass filters to the object of the
invention. It provides that for inventive arrangenents
according to EP1850639 or WO2009/ 138205 or

35 WO2011/009649 or WOR2011/ 009650 or CH01264/10 resp.



10[f2(0)/(4sin20) + f2(y) + (f(0) * f(y) * siny) / sin0 11 * s as well as Pm" =1/ [f2(0)/(4sin20) + f2(y) +
(f(0) * f(y) * siny) / sinO ] 15 and Pa'= [f2(a)/(4sin2a) + f2(y) - (f(a)* f(y) * siny) / sina ] af2(0)/(181/120) +
f2(Y) + (f(0) * f(Y) * 81hY) / sin0 ], where the expression [f2(0)/(4sin20) + f2(y) + (f(0) * 20f(y) * siny) /
sin0 ] may not be equal to zero nor an element of an environment of zero. The principles given above
by way of example for the simplification of the circuit schemata according to FIG. 15 resp. FIG. 16
resp. FIG. 17 of W02009/138205 or also according to 25 EP1850639 for the case La' = Lpf or Pa = Pp

or also for theﬁé??@f’%’f:%%@ gmp%gt of\%p@n%ép[?rjf adqu prﬁn&m ﬂﬂj a%(f Wlth the

inversely proportiona attenuatlon 5%] with the ampli |cat|on actors 1/ can be applied

144 in the san'd Gay'on teWirchli SchERa¥ oBlaited A& orfihgdb ﬁbs‘ilﬁl (# pzﬁ%cular FIG. 11F
shows see forreeempl&tie c&20f anstarfivaluekobr tresanglBlyG thatl theoanglé gp) to be

ascertained mangglly, oy ggeﬁrolqgmeng@gepléyptheﬁp@n %a%éfﬂﬁ scp;qlr@gj squee, can also be
chosen or_stipulated aphit arll es tg the le ofth |s of the mono signal that is
to be ren(?ered E@Peop[ﬁ i/R) e&?sm\;gely # oéorf%asl‘)q y %hf’lffstﬂe main axis of the
mono signal thausét&@@@émdxﬁdd@nér@agﬁmﬁ,t)%@fﬁegzhﬁ/eform of FIG 17D
resp. FIG 19D or sinplified FIG 20D or also FIG 21D
resp. FIG 23D or sinplified FIG 24D or also FIG 25D
resp. FIG 27D or sinplified FIG 28D resp. FIG E9 or
10 also FIG E10 or sinplified FIG E11l resp. FIG El12
resp. FIG E13 or sinplified FIG E14 resp. FIG E15 or
also FIG E16 or sinplified FIG E17 resp. FIG 18D
resp. FIG 22D resp. FIG 26D, the characteristic good
enphasis of the center sound sources is elimnated in
15 favor of a dispersed sound with good source
| ocal i zation. For exanple, an all-pass filter of any
order (see for eanple FIG 1F resp. 2F) is connected
downstreamto the left and/or right channel of a
st er eophoni ¢ or pseudost er eophoni ¢ out put signal of an
20 inventive arrangenent according to EP1850639 or
W02009/ 138205 or WOR011/ 009649 or WO2011/ 009650 or
CH01264/ 10 resp. PCT/EP2011/ 063322 resp. FIG E3 or
also FIG E4 or also FIG E5 bzw. FIG E6 or also FIG
E7 or also FIG E8 resp. FIG 9D or also FIG 10D resp.
25 FIG 11D or also FIG 12D resp. FIG 13A resp. FIG 14A
resp. FIG 13D resp. FIG 14D resp. FIG El or also
FIG E2 or also just described arrangenents of the form
of FIG 17D resp. FIG 19D or sinplified FIG 20D or
also FIG 21D resp. FIG 23D or sinplified FIG 24D or
30 also FIG 25D resp. FIG 27D or sinplified FIG 28D
resp. FIG E9 or also FIG E10 or sinplified FIG El1
resp. FIG E12 resp. FIG E13 or sinplified FIG El1l4
resp. FIG E15 or also FIG E16 or sinplified FIG E17
resp. FIG 18D resp. FIG 22D resp. FIG 26D. FIG A4F,
35 in connection with the object of the invention, thus
provi des for a convincing dispersation of the phantom
sources of the resulting signal.



N.B. In particular, instead of the respective calculation of the time differences La or Lp or LA or LB
150r La: or Lip' or LA' or LB' resp. of the amplificar'i%% factors Pa or Pp or Pa' or Pp' or Pm or Pm' or
plaff or PA or PB, if appropriate taking into accou e inversely proportional attentuations k or p or
the amplification factors 1/k or 1/T or kf, it is also possible to use a 20 dictionary with corresponding
values for the inventive delaying or amplification of the input signal that is to be rendered stereophonic.
For example, a resp. 0 resp. y can be varied in 5 steps and a corresponding dictionary can be created

on the basis of the valu?i?i%ﬁ Pgﬁ%ﬂ%ﬁ?ﬁ%%%ﬂgﬁegpe% é_r@é)rfL[proreI%% LB orlLa:orlLp orLB'

or LB' resp. for the amE icatio a' or Pp m or Pm’ or Pm” or PA or PB, if

appropriate takinGin®acoRRPER iRde LRWNSOPBRMBP aftBfuhBbhs RS the Hplification
30factors 1/2 ehdiimalkfof a Bi@r4oplustratesahe piapldss formeafdppticati@ubpait-pass filters to

the object of the FygNtigH. Igﬁrqv,igpesnmapg)qrpye‘mé%g@épﬁngg@wtgiaﬁ okding to EP1850639 or
W02009/138205 o 2011/ 9 or 1/009 0 64/(10 resp. 145
PCT/EPZ%ll/gggéﬁ%?&%. %WG.&)’@%%&%\Q@%& Pbr ﬁé@%ﬁ@é&%‘\%{ MG. E6 or also FIG. E7 or
also FIG. E8 r¥€R.0E. 90P6581s6FIGHL0B6453 OF IR SIAD BCAIsER4G1120633B82FIG. 13A resp. FIG.
1;1,0;] refsp. F|(f3r éggi;egp.cflqg;%@lr@psgl_@q ﬁ_or@sgfl@" Ed q|r|adTw,:o j|g§2t ggwriheg%rrgg%ements
of the form o : resp. . or, simplifie : or also esp. : or
simplified FIG. 4I8ror%|ls%oorl)zl'g%5 |r?es(f)r. 97 E&sir%ﬁﬂre%gl?l'&% rlegs)[g. é’FG. E9 or 10also
FIG. EIO or sipifRdTHIS. EWXaspesit. E1Geshl PIOr E88 9P sithtifiebdEa. €SI resp. FIG. E15 or
also FIGL(E16RIr GimpiFikd feléh .EIN @splEAG r B3I reshl. GIG12RDrresp. FIG.@60L40e characteristic
good emphasiﬁégrfghe Epipter §$ugq S%\JEC(‘?S#? gliminated I%pgéagqjsqf adgi§??rissgosound with good
source localization. For example, an all-pass filter of any order (see for eample FIG. 1F resp. 2F) is

connected doRhSFEFRTEME 163 ald)6r fighierHahnEl & a Ltdreb®tdhic bt Fsed@dt8feophonrc output
signalofan sinplified FIG 20D or also FIG 21D resp. FIG 23D or

sinplified FIG 24D or also FIG 25D resp. FIG 27D or
15 sinplified FIG 28D resp. FIG E9 or also FIG E10 or
sinplified FIG E11 resp. FIG E12 resp. FIG E13 or
sinplified FIG E14 resp. FIG E15 or also FIG E16 or
sinplified FIG E17 resp. FIG 18D resp. FIG 22D resp.
FI G 26D, provides an additional dispersation of the
20 sound, see for exanmple FIG 5F. In particular, a
conmbi nation of all-pass filters and phase shifters for
t he subsequently influencing of the sound inage in a
targeted manner is al so possible.

Al'l described arrangenents can be used in
25 particular on systens for reproduci ng sound with nore
than two | oudspeakers. An approximtion of nulti-
channel signals is especially made possible, as shown
in FIG 6F resp. FIG 7F resp. FIG 8F

For exanple, according to FIG 6F, a sideways-

30 bal anced five-channel signal according to Rec. ITUR

BS. 774-1 (see FIG 9F) can be derived froma nono

signal. For this purpose, a nono signal M according to

FIG 6F is converted into a pseudostereophoni c signal

L, R by nmeans of an inventive arrangenent according to
35 EP1850639 or WO2009/138205 or WO2011/ 009649 or

WO2011/ 009650 or CH01264/ 10 resp. PCT/ EP2011/ 063322



20 inventive arrangement according to EP1850639 or W02009/138205 or W02011/009649 or
W02011/009650 or CH01264/10 resp. PCT/EPZOi% 63322 resp. FIG. E3 or also FIG. E4 or also FIG.
E5 bzw. FIG. E6 or also FIG. E7 or also FIG. E8 r éOFIG 9D or also FIG. 10D resp. 25FIG. 11D or
also FIG. 12D resp. FIG. 13A resp. FIG. 14A resp. FIG. 13D resp. FIG. 14D resp. FIG. El or also FIG.
E2 or also just described arrangements of the form of FIG. 17D resp. FIG. 19D or simplified FIG. 20D
or also FIG. 21D resp. FIG. 23D or simplified FIG. 24D or 30also FIG. 25D resp. FIG. 27D or simplified

FIG. 28D resp EQ oral S IESPET 13 or
simplified FIGr ﬁ res%p; (?orl-:a{aﬁs%sF@E%:' %dor sim E%llf&? G El% re[sJPZW:IG 18D resp. FIG.
22D resp. FIGES6E ?(IES@F Fd3n EnrRictiBh SAtHth oldféct' @ the ifveRtio? 285 provides for a
convincing drspessatfdricof thephaesgm deluetesldiDhereslilsing BigBal. 12406 r esp Similarly, a phase
shifter (see for,:@@mglgilpegﬁ) cpp@ctgg ,quv\gg;yeam 1§ thedeft apd(pr righgchanes! of a
stereophanic o%udgfg honrc out gggé g%an inventive. arranggénent ccarding to
EP1850639 of W00 S$'wibeP1/bb r Yo ﬁ?oéét%o 01964110 resp.
PCT/EPZOll/@MsmmnFﬁGoEsblnals‘ooHrG.cm bt 8soHB. essirw.F1G. EEOB dls0 FIG. E7 or
also FIG. E8 resprdfIGr ,9@01]:41@) FIGD18P rapBoFIG.d1D>epalsedC. 2B resgpLErIG. 13A resp.

FIG. 14A respy FI I1?fD reds Gl?%)ﬂB resp. FIC%Q% o(rials&ﬁl deI%I%;o ‘S&JU%%SCHbed

arrangements oft form of or simpli OD or also FIG. 21D resp.

FIG. 23D or sumﬁmbdfmgdzkfb%r a?s‘?cPFr@SIBD <. 8. 07D s shhFifidalfic®r28D resp. FIG.
E9 or alg® FlGa|51©|0|rfSIrepI|f|9|chICEf1I nesppFIGRIEL.2 EBD. FESpE1FoGsingl8iedrFIG. E14 resp.

FIG. E15 or a§dl{l%5@r ?g@rﬁr@ohflgf e 281?17 F9Se: Ff?qsl%l? ?%dzlﬁl éZDErfépolr:IG 26D,

provides an a persatron und, see for examp In particular, a
combination o?bmﬂlalsg kitGrsria phdse S5RBrs o the é@&éq%%ﬂtly 'I:ﬁfﬁten%ﬁﬂpéﬁﬁ@ 'sound Image

In a targeted rhhkherd6@IsdSposdilblel y, the signal L is converted into a

pseudost er eophonic signal LS, C and simlarly the

15 signal Ris converted into a pseudostereophonic signal
G, RS. If during these conversions care is given to
ensure that C, is approxi mtely equal to G, the
decoded five-channel signal according to Rec. ITUR
BS. 775-1 (see FIG 9F) with respect to table 2 of Rec.

20 ITUHR BS. 775-1 (see FIG 10F) after being downm xed to
the stereo 2/0 format is approxinmately identical to the
(anmplified) signal L, R and after being downm xed to
the nono 1/0 format is approxinmately identical to the
(anplified) signal M For exanple, an existing five-

25 channel signal according to Rec. ITUR BS. 775-1 can
t hus be converted according to the disclosure of the
i nvention on the basis of a nonophonic signal with the
addition of the respective filter paraneters f (resp.
n) resp. ¢ resp. o resp. P resp. A resp. p or 1/ A or

30 1/t resp. X resp. s for L, Rresp. LS, C resp. G, RS,
and this therefore results in bandw dth savi ngs of
nearly 80%

A first variant enbodi nent, given by way of
exanpl e, for decoding a five-channel signal according
35 to Rec. ITURBS. 775-1 with a good center sound
enphassis is illustrated in FIG 7F. In this case, the
nono signal Mis used directly as center channel C and



All described arrangements can be used in 25 particular on systems for reproducing sound with more
than two loudspeakers. An approximation of multiliglgnnel signals is especially made possible, as
shown in FIG. 6F resp. FIG. 7F resp. FIG. 8F. For eéxample, according to FIG. 6F, a sideways- 30
balanced five-channel signal according to Rec. ITU-R BS.774-1 (see FIG. 9F) can be derived from a
mono signal. For this purpose, a mono signal M according to FIG. 6F is converted into a
pseudostereophonic signal L, R by means of an inventive arrangement according to 35EP1850639 or

wW02009/1382 0 49 /0Q96, r 1 P2011/063322
147 resp. FIGPE%&Q&) IJE]I%)PI:BE or g&%& gzw. I(?Gngé%ﬂgrg g’lgo %rlrg.aﬁésecﬁ%ﬁo FIG. E8 resp.
FIG. 9D or alsBF&" dbB%eSp. Ff:8PH93Pakb ME249% L3B2PRs O13A resp. FIG. 14A resp. FIG.
13D resp. FIGWD2DIré5p 0PI FElar AP BIA / BP 86 al3oqust@ELPibdd Borangements of the form of

FIG. 17D resppEis £B3g 21 sigpidiesl FlSy F;_OQ:p@Isgflgr 23Pdgsp BG.28Qypr sinylified FIG. 24D
or also FIG. 2 esp. FIG. 27D _or simplified FIG. 28D resp. E/G. E9 or alsq FJG. or 10simplified
FIG. Ell résp. %?Gé‘ E%?Fré%WFI(E? E;ig]g% s%plﬁ?e%lolz%.%léllgesg.r F?((_E-;.Slglg Ehals%g):le. E16 or
simplified FIGI E$P redp. GIGOD8DIregpspIGI 22D Ad¥p. Fesp26B! Similakly, e sigAal L Is converted
Into a pseudostegoptpre sigpal Fp -1 e siedprly thealS signat Bslp.copverted Bmo a

pseudostereophanrc signal C S. It duri esg.conversions carg Is given to_ensure that C1 Is
approximately?eeqSL%l toggg '.[hfe4 ecro%lse?()j' fi\r}eq-cE;%angllgl glrgnéj %gcﬁjieﬁ‘g tgéReocr. Iﬂa%-sl‘-é]BS]?S-l (see
FIG. 9F) with idspbci@abpleledf REE2PATUERISS 975t hesdeat|®. AloFy lafter BéiRg downmrxed to

the sterei@2/0ferspat |Sla@pradbataly Nemilc_'af foctbie F(amplift@rﬂ) sgnall Ing,I%lrﬂ_ aftermbeing
downrmrxed to e gnorq &0 ipgiabls Appiprmalely IAplical it (nalfied) elangkl. For example,
an existing five- 25 channel stl%nal accordi g{ to Rec. ITU-R BS.775-1 can thus be converted according

to the disclosUr& 9P the inFentidiPoRthe bEBis! inaeﬁiloﬁb&or%é RigafWith the Gddfon%s the

respective filtelpavarfketers EL@spr nsiespl yrespl FieSp. Biésp.dsmspbp@r 18 2r 301/T resp. kf
resp.sforL, R RS- LS, €1 e59- 62 asrr@nidfth@dhgqe@regfgu}t%gbbam\@dt@%viBgs of nearly
80%! 15 also FIG E16 or sinplified FIG E17 resp. FIG 18D
resp. FIG 22D resp. FIG 26D, is converted into a
pseudost ereophonic signal L, R Simlarly, the signal M
resp. Cis converted into a pseudostereophonic signa
LS, RS. The decoded five-channel signal according to
20 Rec. ITUR BS.775-1 (see FIG 9F) with respect to table
2 of the Rec. ITUR BS.775-1 (see FIG 10F) after being
downm xed to the stereo-2/0 fornmat does not correspond
to the (anplified) signal L, R yet after being
downm xed to the nono-1/0 format corresponds exactly to
25 the (anplified) signal M For exanple, an existing
five-channel signal according to Rec. ITUR BS. 775-1
can thus be converted according to the disclosure of
the invention on the basis of a nonophonic signal with
the addition of the respective filter paraneters f
30 (resp. n) resp. ¢ resp. a resp. P resp. A resp. p or
/2 or 1/t resp. M resp. s for L, Rresp. LS RS, and
this therefore results in bandw dth savi ngs of nearly
80%

If less value is set on bandw dth savi ngs, the
35 follow ng variant enbodi nent according to FIG 8F for
deriving a five-channel signal according to ITUR
BS. 775-1 with a good sideways bal ance is for exanple



A first variant embodiment, given by way of example, for decoding a five-channel signal according 35
to Rec. ITU-R BS.775-1 with a good center sound_emphassis is illustrated in FIG. 7F. In this case, the
mono signal M is used directly as center channel &24 nd 148 from the latter, by means of an inventive
arrangement according to EP1850639 or W02009/138205 or W02011/009649 or W02011/009650 or
CH01264/10 resp. PCT/EP2011/063322 resp. FIG. E3 or also FIG. E4 or also 5 FIG. E5 bzw. FIG. E6
or also FIG. E7 or also FIG. E8 resp. FIG. 9D or also FIG. 10D resp. FIG. 11D or also FIG. 12D resp.

(oserioed e s O e form Bt FIBOTID, Jorben e o) of Sl F18 30 or also FIG.

21D resp. FIGVR3RBAsififel 6! 2hbWralSPRUE! 3518 rddP. 18, BFBWIimplified FIG. 28D
resp. FIG. E9 st alsedfittoi|@ os sigmalified $1GCEIbyespeiG. B12 aesp. MIGnEilLBer simplified FIG.

Ellé fzegg- IF'GaEﬂér?géﬁé‘Jﬁol %l&;cdﬁjcﬁ ﬁ@siﬂw”ﬁﬂﬁ@?ﬁy6?$W@oéf%@§9m&- ZZ%erSP-

: sc € eudo pha alL, ilarly, the signal M resp. C Is
converteé Into @ré&géﬁgé&h%rc?@%ﬁilﬂ@é%h@ Be%ﬁéw-%éaﬁﬁe%%ignal according to 20
Rec. ITU-R BECT6EPEREIFICH 383 Avitherzgpettl to-talbid Dof tleSRed | BU-RBID778!1s@ee FIG. 10F)
after being downmrxed, tgythg stereg-2(8sfognakfaes ppigorEespenddpdbe uoplifigsl) signal L, R, yet
after being downmrxe he,mono-1/0 format correspon xact|y to e (amplified) signal M. For
example, an e&%ﬁﬁg f%!ec-téh%@e SPI ég a?c?g?r ing f(? %erc.%ﬁ:)-lﬂséjéa!?c%%t us Be converted
according to thd Eisclb2brd 8fihe il éntioh3dh iRSPasi§bfa Mddbpiiie sight witdkhe addition of
the respeotiverfitep parin@tetstD30@epp. rHiresp.Birasp. alresp.F) GSpER respap sol/k or 1/T resp. kf

resp. sfor L, R {R3P- 4es &3 384 B BRGIRERTSSUEF 17 Ranggioih spvippgof pegyly 80%!
resp. FIG 19D or sinplified FIG 20D or also FIG 21D
resp. FIG 23D or sinplified FIG 24D or also FIG 25D
resp. FIG 27D or sinplified FIG 28D resp. FIG E9 or

15 also FIG E10 or sinplified FIG E11l resp. FIG E12
resp. FIG E13 or sinplified FIG E14 resp. FIG E15 or
also FIG E16 or sinplified FIG E17 resp. FIG 18D
resp. FIG 22D resp. FIG 26D. Simlarly, the signal R
is directly used as signal M, and fromthe |atter

20 converted in the sanme way into a pseudostereophonic
signal G, RS. If during these conversions care is
given to ensure that C, is approxi mtely equal to G,

t he decoded five-channel signal according to Rec. ITU-R
BS. 775-1 (see FIG 9F) with respect to table 2 of Rec.

25 I TURBS. 775-1 (see FIG 10F) after being downm xed to
the stereo 2/0 format is approxinmately identical to the
(anmplified) signal L, R yet after being downm xed to
the nono 1/0 format is approxinmately identical to the
(anplified) signal M + M. For exanple, an existing

30 five-channel signal according to Rec. I TU-R BS. 775-1
can thus be converted according to the disclosure of
the invention on the basis of a nonophonic signal with
the addition of the respective filter paraneters f
(resp. n) resp. o resp. o resp. B resp. A resp. p or

35 1/)xor 1l/tresp. XN resp. s for. LS C resp. G, RS,
and this therefore results in bandw dth savi ngs of
nearly 60%



If less value is set on bandwidth savings, the 35 following variant embodiment according to FIG. 8F for
deriving a five-channel signal according to ITU-R 775-1 with a good sideways balance is for
example 149 also possible. The signal L Is directiﬁg ed as signal MI, and from the latter, converted
Into a pseudo- stereophonic signal LS, C1 by means of an inventive arrangement according to
EP1850639 or W02009/138205 or 5W02011/009649 or W02011/009650 or CH01264/10 resp.
PCT/EP2011/063322 resp. FIG. E3 or also FIG. E4 or also FIG. E5 bzw. FIG. E6 or also FIG. E7 or

also FIG. E8 resp. FIG. ﬁ) é%ﬁoogép ]fQQF@pEJféﬁnéiL éa‘JEZ ; Iq o]rZ[?é B G. 13Aresp. FIG.

14A resp. FIG. 13D 10r | or also r also just descr ed
arrangementsdf % RAHNGSFIC &l Féjspaﬁ@nwtsﬁnﬁlﬁrém@%E?M?leBkﬁé 21D resp.
FIG. 23D or siaiflifiget-hér 24Dalvladso BIG 2z sesyd. RG. Riibeortsimelifed BIE.e2&tesp. FIG. E9

or 15also FIG. Igl@d?roqlw litiep EfS3.doihees®- 51Gviegd 630 3460 £ 13on&pglified FIG. E14 resp.

FIG. E150r a El 17 r res . FIG FIG. 26D.
Similarly, ?he §§§§% |§H|W@ﬁ9§§ﬁﬁPMzé’Eﬂgﬁ)ﬁﬁ P20 éﬁggﬁgﬁi‘& he same way
Into a pseudoSiedsbphongssign&l 2, RS. frdudingah&sdéscolsersionslcae H velr®o ensure that C1
::SI gngO)Ximit@Y\ﬁqUN Qe C[Z_%thérdr\?ﬂogédﬁl\é@;r@ﬂng?@ﬂ@'@?@&%@ R&gp |'|'LF‘51|;|{3!3S-77|5'%}I (see
: wit pect to tahle e g downmixed to
the stereo 2/05?6rr§§t Igag%rolzjlreﬁ{at iBPZ Et‘lcgl tﬁé(arlrilﬁ‘l%g sﬁgna I}$ lIES er being
downmixed to'tBE Pnord &0 fbdfiaf %\g@pprEklﬁ\atéI@"}déﬁfﬁi%tl tditfe (a%%ﬁfl’é@? Bignkl 41 + M2. For
examplel@n exsbng &ddiverti@nriel sgnahbewrfinG. toRew TAFR BS.1dg%-1 can thus be converted

according to the diselasaee gf e /GURRIANOR NG PRSIS 6f A BPneRnaNiq $igNALWHN

FIG 19D or sinplified FIG 20D or also FIG 21D resp.
FIG 23D or sinplified FIG 24D or also FIG 25D resp.
FIG 27D or sinplified FIG 28D resp. FIG E9 or also

15 FIG E10 or sinplified FIG E11 resp. FIG E12 resp.
FIG E13 or sinplified FIG E14 resp. FIG E15 or also
FIG E16 or sinplified FIG E17 resp. FIG 18D resp.
FIG 22D resp. FIG 26D, a coding on the basis of one
or several signals with the addition of the respective

20 filter parameters f (resp. n) resp. ¢ resp. o resp. B
resp. A resp. por 1/x or 1/t resp. A resp. Ss.

N.B. A series of elements of the described
circuits can easily be exchanged, arranged differently,
can be grouped into a single elenent or separated into

25 several elenments, based on individual paranmeters of the
original elenent, including a series of trivia
vari ations such as the cascadi ng of several anplifiers
etc. These variant enbodi nents, despite having not been
explicitly mentioned, are part of the object of the

30 invention.

N. B. Represented inventive arrangenents or
nmet hods can additionally use prior art conpression
al gorithnms, data reduction nethods etc. resp. the
anal ysis of characteristic features, such as the m nina
35 or maxima for the faster evaluation in accordance with



the addition of the respective filter parameters f (resp. n) resp. y resp. a resp. 0 resp. k resp. p or 351/k
or 1/T resp. kf resp. s for. LS, C1 resp. C2, RS, and this therefore results In bandwidth savings of
nearly 60%! 150 By analogy, for n-channel %% ems for reproducing sounds, related
arrangements can be achieved that altogether enable, by means of an inventive arrangement
according to EP1850639 or W02009/138205 or W02011/ 009649 or W02011/009650 or CH01264/10
resp. PCT/EP2011/ 063322 resp. FIG. E3 or also FIG. E4 or also FIG. E5 bzw. FIG. E6 or also FIG.

E7 or also FIG. . e : 2D resp. FIG. 13A
resp. FIG. 14% ifpf@%ﬁ i@Bﬁgg%ﬁé%ﬁﬁ %Epsé)&l@?ggo%%gfé?%‘:ég 8]F also just described
arrangementsJf 9&korRPEE ERIISL7D resp. FIG. 19D or simplified FIG. 20D or also FIG. 21D resp.
FIG. 23D or simplified FIG. 24D or also FIG. 25D resp. FIG. 27D or simplified FIG. 28D resp. FIG. E9
or also 15FIG. EIO or simplified FI8i. Blliregp.afld. &2 reaheFERAEE3 or simplified FIG. E14 resp.
FIG. E15 or also FIG. E16 or simplified FIG. E17 resp. FIG. 18D resp. FIG. 22D resp. FIG. 26D, a
coding on the basis of one or several signals with the addition of the respective 20filter parameters f

(resp. n) resp. y resp. a résp. d P68, ki le¥pNeBr 1A Halvaskes. Mdepiari s: OB, A series of

elements of theiteseribes HawierarseasiboPe srxchanaad, pganasd idif{;ermw&an be grouped into
a single element or separated into 25 several elements, based on individual parameters of the original

element, inclufgSE et IBftvial vadtio LML (e EaRaHIN diSeveral amplifiers etc. These

variant embodiments, despite having not been explicitly mentioned, are part of the object of the 30
invention. 2. Rec. ITG-RBS. 775-1



N.B. Represented inventive arrangements or methods can additionally use prior art compression
algorithms, data reduction methods etc. resp. the ai[%%lysis of characteristic features, such as the
minima 35 or maxima for the faster evaluation in rdance with 151 the invention of existing or
generated signals or signal portions. Bibliographical references 1. Tony Hirvonen, Athanasios
Mouchtaris: On 5 the Multichannel Sinusoidal Model for Coding Audio Object Signals. - AES
Convention Paper 8418. 2. Rec. ITU-R BS. 775-1 152 Patent claims 1. Device for
stereophonizing a mono signal resp. for obRzEiniggtpseiudostereophonic signals, characterized in that
calculated time differences (LA resp. LB resp. La resp. Lp)) before they are used on a mono signal to
be rendered stereophonic are multiplied with a time parameter (s) greater than zero and thus new time

differer_lces (LA = LA~ S,DeBy'i-‘quf*_cﬁr re§peké'cr‘p h@h?i_, Ephg L@ hermyeqiiaiaedy &%_De_vice
according lo clafp 1, enaragieizein iisteald dme differenges aipcalcyiaied anhe pgpis of an angle
(y) ascertained or stipulated manutally or by metrology and enclosed by a sound source and a main
axis of the mohB sidiall 16 BEGEhdéred diéipAbhiceisBCBavicE adc®fiing ke dI@fPL, characterized
in that sail tinle, paeaypetel {9) ibbtveen A ynilisecarsdsianth 146 mulisesopsalpreferably 100
milliseconds. rAterQFé’ﬂCé‘da%qoé?ié‘Qﬁﬂ&rlﬁi@ %rc@amq:t{sfiﬁq ythat spidginpe parameter (s) can be

chosen freely by a 20user. ,
paraneter (s) greater than zero and thus new tine

differences (LA =La* s, Lg =Lg * s resp. Ly =Ly *
S, Ly =Lg * s) are obtained.
10 2. Device according to claim1, characterized in

that said tine differences are cal cul ated on the basis
of an angle (¢) ascertained or stipulated nmanually or
by nmetrol ogy and encl osed by a sound source and a main
axis of the nono signal to be rendered stereophonic.

15 3. Device according to claim1, characterized in
that said time paraneter (s) is between 29 mlliseconds
and 146 mlliseconds, preferably 100 m |l iseconds.

4. Device according to claim1, characterized in
that said time paraneter (s) can be chosen freely by a
20 user.

5. Device according to claim1, characterized in
that a paraneter (f or n) describing a directiona
pattern of a signal that is to be rendered
st ereophonic, or the angle (¢) ascertained or

25 stipulated manually or by netrol ogy and encl osed by the
mai n axi s and the sound source, or a fictitious |eft
opening angle (o) or a fictitious right opening angle
(B) or an attenuation (A) or an attenuation (p) or
amplification factors (1/A) or (1/t) or (A') or (p) or

30 a degree of correlation (r) or a paraneter (a) for
defining an allowabl e value range or a linit value (R)
for determ ning resp. maxi m zing an absol ute value or a



5. Device according to claim 1, characterized in that a parameter (f or n) describing a directional
pattern of a signal that is to be rendered stereoph%g' , or the angle (y) ascertained or 25 stipulated
manually or by metrology and enclosed by the mair axis and the sound source, or a fictitious left
opening angle (a) or a fictitious right opening angle (0) or an attenuation (2) or an attenuation (p) or
amplification factors (142),) or (14i) or (2),") or ((D.") or 30 a degree of correlation (r) or a parameter (a)
for defining an allowable value range or a limit value (R.") for determining resp. maximizing an absolute

value ora 15 viation (A} Qk a par ini lacglisation direction or a limit value (S.") for
selecting an irﬁlagﬁl‘?eI %&E@rzaggevﬁi%n Eﬁé@ﬁ?ﬁ vg%g (%%?f‘oﬂ)%%nué{zin the function values with 5

respect to an infsgd Wik bPA dHi&oh &9 1 fofmidd™ teH{AittPstered sidial or said time
parameter (s) sah éetoptgniaed iaotaeaticaly lor anteeaadieelyat i on Ee)Devicenatéarding to claim 1,

characterized %@g éhqt@i}hqr'o-r OB EIGTED id,e;gog@,refor mﬁp§@mqﬁé¢rgg§%vpp§ion_and two
panoram potentlometeri connected downsgtiﬁm theret§ are f#)assed ér%rpough, wherein each

panoram potéﬁt?(ﬂ‘ﬁgfer S dBGfe NV E HiisBE: & 18Yb L stle codér for the pseudostereo
conversion anti@nd a8pkidresoniddied spsir€amsifynektedeo slatddér, i amplifying an input signal

from the steregslegagleeareRIssearthEwIaby O m eneusta(R L aeEdes|fortherpseudostereo 20
conversion and angp%%tivle{ye?ne amplifier connected upstream of the stereo decoder for each input

signal of the s{ereo decoder ar)é' passed through; or:

6. Device according to claim1, characterized in
10 that either:

- one stereo decoder for the pseudostereo
conversion and two panorana potentioneters connected
downstream t hereto are passed through, wherein each
panor ama potentionmeter fornms two collective buses; or:

15 - one stereo decoder for the pseudostereo
conversion and one anplifier, connected upstream of the
stereo decoder, for anplifying an input signal fromthe
stereo decoder are passed through; or:

- one stereo decoder for the pseudostereo
20 conversion and respectively one anplifier connected
upstream of the stereo decoder for each input signal of
the stereo decoder are passed through; or:

- a nodified stereo decoder for the pseudostereo
conversi on, which contains an adder and a subtractor in
25 order to add resp. to subtract input signals (M S)
respectively anplified by predeterm ned factors, is
passed through in order to generate signals that are
identical with said collective bus signals.

7. Device according to claim1, characterized by
30 means for data conpression or data reduction.



- a modified stereo decoder for the pseudostereo conversion, which contains an adder and a
subtractor in 25 order to add resp. to subtract input sjgnals (M, S) respectively amplified by
predetermined factors, is passed through in order]téslgenerate signals that are identical with said
collective bus signals. 7. Device according to claim 1, characterized by 30 means for data
compression or data reduction. 154 8. Device according to claim 1, characterized by at least one
all-pass filter of first or second or nth order. 9. Device according to claim 1, characterized by at

least one phase shlger \;LIO Qeé“g@?z;}(:(ﬁowngéo 8|aémmfha5q%?%gcbp¥ Olo gyans for obtaining
rom a or obt

a first pseudostereophonlc signal L, R ono s - means f ning a second

pseudostereoftion |€§§t5|§’rﬂaﬁ 18 lciPRSH thblotb?élnga sdr{aﬂ_ or %?&é)r%dfo?bbfhmlng a third

pseudostereophatec signal C2, RS from the obtained signal R. 11. Device according to claim 1,
characterized by outputs for signals for systems for reproducing sounds 15 with n loudspeakers,
whereinn M 2. ice accordln clalm 1, cEaracte |ze a djctionary with values for the
delaying or amplifying of%éqn%%t @fi}(ﬁ% Hd rér?decr a'sfgr Opﬁ %ﬁ%h'lgg’geb}'nstead of the

respective calédlati®® st trenBotphesifffesbhdd<Lfla or Lp or LA or LB or La' or Lpf or LA' or LB') or of
the amplification factors (Pa or Pp or Pa’' or Pp' or Pm or Pm' or Pm" or PA or PB), if necessary taking

into account the |nv%se|)bqup00étl% % 5‘“&”}»{8“?”5 Qﬁ Qr % olr thgﬁa “f'F'@‘P‘P gfa}%ors (I/k) or (1/T)
or (k). '

- means for obtaining a first pseudostereophonic
signal L, Rfroma nono signal M

- means for obtaining a second pseudost ereophonic
10 signal LS, G fromthe obtained signal L,

- means for obtaining a third pseudostereophonic
signal G, RS fromthe obtained signal R

11. Device according to claim1l, characterized by
outputs for signals for systens for reproduci ng sounds

15 with n loudspeakers, wherein n 2 2.

12. Device according to claiml, characterized by a
dictionary with values for the delaying or anplifying
of the input signal to be rendered stereophonic, which
is used instead of the respective calculation of the

20 time differences (L, or Lg or La or Lg or L, or Lg or
La or Lg') or of the anplification factors (P, or Pg or
P, or Py or Pyor Py or Py’ or Paor Pg, if
necessary taking into account the inversely
proportional attenuations (A or p) or the anplification
25 factors (1/X) or (1/t) or (V).

13. Device according to claim 12, characterized by
nmeans that contain the dictionary in the interval [0,

1/2] on the basis of values varied respectively by
n/36.



13. Device according to claim 12, characterized by means that contain the dictionary in the interval [O,
n/2] on the basis of values varied respectively by /é«:i 155 14. Method for stereophonizing a
mono signal resp. for obtaining pseudostereophonit signals, characterized in that calculated time
differences (LA resp. LB resp. La resp. Lp ) before they are used on a mono signal to 5 be rendered
stereophonic are multiplied with a time parameter (s) greater than zero and thus new time differences
(LA'=LA*s,LA'=LB*Sresp.La' =Las, Lp'=Lp *s) are obtained. 15. Method according to
claim 14, characteri%gq nwé.pﬁgqt §adg tig}eegi Eb%@ﬂr g:agzlél%;ﬁg on, t@@&{as}segfgqn angle (y)
ascertained or stipulated manually or by metrology and enclosed by a sound source and a main axis of

y,ana
the mono signaPlo PP & dur8d sRSEHERGHiET €0PN@NiNfetRbARBLSHid W A5in$kuZE85hracterized in
15 that said tima panatetal (suisdietdeen 29 rdillideepads aad (146 miEpecdngs gapferably 100

milliseconds. | 1 &Method peeidiioator ¢ain At eChyagtepzed Indiad SaichiRe Ragameter (s) can
be choset;%]f fre;% bg/ a ser.é 18. Methqd accordlngtto claim 14, charactarjlzed in that a parameter (f or
ir t

n) describing E( 5 BiPOFLERRARI fhafils orPrlal H e'r&ﬁ]I Wk l%r{ié,rger the angle (y)
ascertained oPgtpitemaf)allgra dyahetrbyy Zeidoerfolsdohibhs tHRe®E hidi® axis and the sound
source, or a figfjtiousrefh epening angle|(g) or & fictitfous right-openingsangle (0)-oran attenuation (2)

or an attenuation (‘;r)g,or_a?gliﬁcagh?n Jggtor%{lé}zag o (14i) or (2),") or ((D.") or a degree of correlation
) fo i

(r)ora paramgt’er r 30 defining an allowablé value range or a limit value (MK) for determining

resp. maximizing an absolute value or a deviation (A) or a parameter (z) defining a localisation
direction or a limit vaBie (&) fardsedectimgcamignage widih or 24devidtmna(©) or adilt i n

10 that said tine differences are cal cul ated on the basis
of an angle (¢) ascertained or stipulated nmanually or
by nmetrol ogy and encl osed by a sound source and a main
axis of the nono signal to be rendered stereophonic.

16. Method according to claim 14, characterized in
15 that said tinme paraneter (s) is between 29 mlliseconds
and 146 mlliseconds, preferably 100 m |l iseconds.

17. Method according to claim 14, characterized in
that said time paraneter (s) can be chosen freely by a
user.

20 18. Method according to claim 14, characterized in
that a paraneter (f or n) describing a directiona
pattern of a signal that is to be rendered
st ereophonic, or the angle (¢) ascertai ned or
stipulated manually or by netrol ogy and encl osed by the

25 main axis and the sound source, or a fictitious |eft
opening angle (o) or a fictitious right opening angle
(B) or an attenuation (A) or an attenuation (p) or
amplification factors (1/A) or (1/t) or (A') or (p) or
a degree of correlation (r) or a paraneter (a) for

30 defining an allowable value range or a linit value (R)
for determ ning resp. maxi m zing an absol ute value or a
deviation (A) or a paraneter (z) defining a
| ocal i sation direction or a linit value (S) for
selecting an inmage width or a deviation (g) or a limt



156 value (Uf) for optimizing the function values with respect to an image width or a deviation (K) for
forming a resulting stereo signal or said time paran]se er (s) can be optimized automatically or
interactively. 19. Method according to claim 1}, aracterized in that a parameter (f or n)
describing a directional pattern of a signal that is to be rendered stereophonic, or the angle (y)
ascertained or 10 stipulated manually or by metrology and enclosed by the main axis and the sound
source, or a fictitious left opening angle (a) or a fictitious right opening angle (0) or an attenuation (2)

or an attenuat(péll (Jj’% og pl}f-?ﬁtigﬁng% (gﬁz ,}lgr Zp})cceri @Pﬁ")\ﬁ{l (EBQ %.]t%a degree of

correlation (r) or a parameter (a) for definin aﬂlowaEH-:- value range or a limit value (Mk) for
determining rdspS REEEmizthin LBBSRALE ?'a e RRIAEA\B} 4 sardn®ter (z) defining a
localisation dirfeatiom 0g adinmmiesailei(8d) Bir 20ese|sstigedn mnagavdith ioma deviation (c) or a limit

value (Uf) for g&t}rggg}geqhe(fgyctjgthjge%w{ithrfp%%cta{gta@r{mqg@awi gf a deviation (K) for
forming a resulting stereo si§|nal or said time parameter (s) are optimized on the basis of algebraic
o5invariafts. | M Rdth a%cording to claim 14, characterized in that (a) the angle (y)

ascertained or stipulated manually or by metrology is analyzed; or: 30(aa) an arbitrarily or
algorithmically detenminegdigigauaeeeraorrale () bing tsthedafh ohatraainzds.iis not an element
of an environement of zero nor al to zero, and for which, provid id. angle (y) ascertained or
stipulated maituha#y or b@a(r%ngﬁggj%%/ {37 :Ssrp@itjvo(i%ﬁer Icc(r))h(rj? or‘rﬁ1 i;a‘(ii mi%%ét?%%langle (y) ascertained
or stipulated nPaURY or &y AebBGRlis ERllel hah®riuaeifssigdictitious opening angle (a) lying
to the left of thet maiwophiens @natyzetiher: angl(leb)(ap) ardtearily ar atggrigrmically determined fictitious

opening gnglep), Jying;t i f in axis, | ement if0 f zero nor
Cp e S B eSSy B LR G Mk By SR P oHIRS Ehen GSOB rhe'

, provi aid angle L
mai n axi s and the sound source, or a fictitious |eft
opening angle (o) or a fictitious right opening angle
(B) or an attenuation (A) or an attenuation (p) or
amplification factors (1/A) or (1/t) or (A') or (p) or

15 a degree of correlation (r) or a paraneter (a) for
defining an allowabl e value range or a linit value (R)
for determ ning resp. maxi m zing an absol ute value or a
deviation (A) or a paraneter (z) defining a
| ocal i sation direction or a linit value (S) for

20 selecting an inage width or a deviation (g or alimt
value (U) for optinizing the function values with
respect to an inmage width or a deviation (k) for
formng a resulting stereo signal or said tine
paraneter (s) are optim zed on the basis of al gebraic

25 invariants.

20. Method according to claim 14, characterized in
t hat

(a) the angle (¢) ascertained or stipul ated
manual Iy or by nmetrology is analyzed; or:

30 (aa) an arbitrarily or algorithmcally determ ned
fictitious opening angle (a), lying to the left of a
main axis, is not an elenment of an environenent of zero
nor equal to zero, and for which, provided said angle
(@) ascertained or stipulated manually or by netrol ogy



10(y) ascertained or stipulated manually or by metrology is negative, the condition is met that the value
of this angle (y) ascertained or stipulated manuall)ié)é by metrology is smaller than or equal to said
fictitious opening angle (p) lying to the right of the Tain axis, 15is analyzed; or: (cc) a directional
characteristic, ascertained or also stipulated manually or by metrology, of the mono signal to be
rendered stereophonic is analyzed; and overall: 20(b) an amplification factor (Pa) depending on said
angle (y) ascertained or stipulated manually or by metrology or on said fictitious opening angle (a) or

ona dlrectlonqlsch%%qtg@}g: of tng 'E%%P'QPBHO l%e @de{ﬁgtstegrﬂ?gho‘iﬂgfsecg]ézlated or: 25(c)

an amplification factor Ing on said ang Ie scertained or sti ted ually or by

metrology or dte&&l tfl@hﬂﬁ% (%erﬁﬁé BHHR! @ OFBH%lké(ctfbrnapé’h%t:fe%sﬂ%f the mono signal to
be rendered staredplernit isacaloulatgl) andtavesall: B0(d)ca delagusn® iea) dgpendihg on said angle

(y) ascertained of sfipilated mapHally @ Ry BretiolRgymel ¢n aiddictifiqus,aReRipgfngle (a) oron a

directional characteristic of the mono signal to be 158 rendered stereophonic as well as overall on
said time paraeter (s) is calculated; or: (e) a delay time (L'p) depending on said angle (y)
ascertained or stipulated manually or by metrology or on said fictitious opening angle (p) or on a

directional charactefigt¢ ohtheampne signal j;o be rgm@@emqfqﬂﬁe@ahppic&@t\@el,lraﬁ@aerall on said
e peremets QX RCASHAABSRl o (1) V157 RFROR g treopnonic s
main axis, is not an el ement of an environnent of zero
nor equal to zero, and for which, provided said angle
10 (¢) ascertained or stipulated manually or by netrol ogy
is negative, the condition is nmet that the val ue of
this angle (¢) ascertained or stipulated manually or by
netrology is smaller than or equal to said fictitious
opening angle (B) lying to the right of the main axis,
15 is analyzed; or:

(cc) a directional characteristic, ascertained or
al so stipulated nanually or by netrol ogy, of the nono
signal to be rendered stereophonic is analyzed; and
overal | :

20 (b) an anmplification factor (P,) depending on said
angle (¢) ascertained or stipulated manually or by
nmetrol ogy or on said fictitious opening angle (a) or on
a directional characteristic of the nono signal to be
rendered stereophonic is cal cul ated; or:

25 (c) an anplification factor (Pg) depending on said
angle (¢) ascertained or stipulated manually or by
netrol ogy or on said fictitious opening angle (p) or on
a directional characteristic of the nono signal to be
rendered stereophonic is cal cul ated; and overall:

30 (d) a delay tinme (L' ,) depending on said angle (o)
ascertained or stipulated manually or by netrol ogy or
on said fictitious opening angle (a) or on a
di rectional characteristic of the nono signal to be



(9) the mono signal to be rendered stereophonic is delayed by a delay time (L'a) and subsequently
amplified by an amplification factor (Pa); or altern ely: the mono signal to be rendered 15
stereophonic is amplified by an amplification facto %ga ) and subsequently delayed by a delay time
(L'a); or alternatively, in case both said amplification factors are equal (Pa = Pp): the mono signal to be
rendered stereophonic is delayed by a delay time (L'a) 20 and subsequently amplified by an
amplification factor (Pp); or alternatively, in case both said amplification factors are equal (Pa = Pp):

the mono S|gnrajew l%(? ds?’@? %EﬁgﬁBRh?{ %és ag'pﬂlfl%% bg\%l aa{ppllft%qltlgglf%ctg Q%o) and

subsequently delayed alternatively, in case both said delay times are equal
(L'a=L'p): theoﬁ'lbﬁﬂ‘%'igﬁ{al (Shel rén&éleﬁlgt@rte%ﬂhoﬁl c'is delayed by a delay time (L'p ) and

subsequently amplified by an amplification factor (Pa); or alternatively, in case both said delay 30

times are equal (L' }e pa the RENP sggénad fo r@@g@@ ﬂsrqulgo&],lcdls plgl y an

lification factor (Pa).and sub tIdI db lay t tivel both
Zaic dolay imaS s bR stpﬁ‘ ) ba&‘iﬁa PSRl £t%ﬂ“§@9fa%%arg%r§€aauﬁf<%;” Pp): the

mono sighal t®Bbe 9F9cehteitdd sterspPRRIY I8 Geii@deny 8)dety BitedL'p) and subsequently
amplified by agijanapitficatien fagter &) @i altarpaibrely,He casa®osh gaigldelay Bees are equal (L'a =
L'p) and both ?%Héampllflcgp%nf ?1 Are eac;éj Y\E EIL F;p) the mono s qgnal 19 b rﬁEdered

Slifie actor (Pp) a 8 ntl

stereophonic is amp |f|e by an a pI| catlon suBseque daelayed by a delay time
(L'p); (h) the nﬂﬁf&ﬁ@h&lrto(b@ rentlefc StekadRbni@RAPHERGEH by a delay time (L'p) and
subsequently amplified by an amplification factor (Pp ); or alternatively: the mono S|gnal to be rendered

stereophonic is am;elff?ed Wea%le'Qmeaf?rﬂgp gﬁgépgaeglfeé}tg( it Pp ){19 delay time

(L'p); or 15 alternatively, in case both sard catlon factors are equal ( e mono signal to
be rendéidd sfé?@gpl%r{l@g d¥apSd By S &élgi?ﬁ e @ Y'ghd sBBs&4 M amplified by an

amplification factor (Pa) or alternatively, in case both said amplification 20 factors are equal (Pa = Pp):

thebmono Si?nal Ito % eqq?geﬁﬁFfdﬁegi()Q%P 1S @W@fi?%lﬁu@fneqfnggf?aé'@ﬁdﬁg?ﬁpﬁ(tp%) and |
Su Sequen Yy elaye a delay time or (S ve IN case Do | eay Imes are equa
Aoy e ede L s Ll omnart 1 GBRe AT fermy tme (L) and

(L'a=L'p): the’m
subsequently aﬁ‘ﬁﬂllfléd 8¢ dpyarplifsaBbh ffactat (PW); bﬁétt@ffnaﬁ{?e)y irPEase both said delay times

are alternatively: the nono signal to be rendered

15 stereophonic is anplified by an anplification factor
(P, ) and subsequently delayed by a delay tinme (L 4);
or alternatively, in case both said anplification
factors are equal (P, = Pg): the nmono signal to be
rendered stereophonic is delayed by a delay tinme (L )

20 and subsequently anplified by an anplification factor
(Ps); or alternatively, in case both said
amplification factors are equal (P, = Pp): the nono
signal to be rendered stereophonic is anplified by an
amplification factor (Pg) and subsequently del ayed by

25 a delay tinme (L'y); or alternatively, in case both
said delay tines are equal (L', = L' g): the nono signal
to be rendered stereophonic is delayed by a delay tine
(L") and subsequently anplified by an anplification
factor (P,); or alternatively, in case both said del ay

30 tinmes are equal (L', = L'p): the nono signal to be
rendered stereophonic is anplified by an anplification
factor (P,) and subsequently del ayed by a delay tine
(L'p); or alternatively, in case both said delay tines
are equal (L', = L) and both said anplification

35 factors are equal (P, = Pg): the nono signal to be



equal (L'a = L'p): the mono signal to be rendered stereophonic is amplified by an amplification factor
30(Pp) and subsequently delayed by a delay time (1f.'a); or alternatively, in case both said delay times
are equal (L'a = L'p) and both said amplification fa]c 8rs are equal (Pa = Pp): the mono signal to be
rendered stereophonic is delayed by a delay time (L'a) and 35 subsequently amplified by an
amplification factor (Pa); or alternatively, in case both said delay times are equal (L'a = L'p) and both
said amplification factors 160 are equal (Pa = Pp): the mono signal to be rendered stereophonic is

amplified by (F;%) ﬁglg%eto&eggﬁﬁgmygdigyn g@g@/}éﬁ;&étg);d el déithq ﬁi)gn?lé,o tained under (Q)

and (h) are added in order to obtaih a side si , both said delay times af equal (L'a =
L'p): () theRRdndWhgRIYS BE! énadRl §té%€)p‘ﬂ1§nms HaRlyieki 1524 ek BRE 9 a = L'p) and
subsequently éffer: inrcaat betmsaideehplificatioc factolscdre XaequalgPay- Pp)yresnplified by an

amplification faetar é%ﬁgp T @*aPp;; Qr, '51 caag both ﬁaigae}raplg};aﬁp@ faciprsygye not equal (Pa f Pp):
amplified by the sum of amplification fg{cﬁ) in order to obtain a side signal; or alternatively:

ors (Pa+ P
15(k) the mon %?dn%{l Yo Bé?eﬁ&é@h r‘éo‘ph& ic ig hﬁ’]éﬂj W\ocfﬁeg@&h & Eﬁplification factors are
equal (Pa = Ppeadgilfidd shyeireappifidationsfastop (2 ired=2y* Bp): aet,iif icese ibeth said
amplification fagterspare )} eawd (Paddaudhanpldieddydaersyn ofamy|ifi¢atian factors (Pa + Pp)

and subsequegf_ly elayed by a delay time (L'a = in order to obtain a side signal; or alternatively: (1)
the mono signal'td’be amplification

(h) the nono signal to be rendered stereophonic is

10 delayed by a delay tine (L) and subsequently
anplified by an anplification factor (P ); or
alternatively: the nono signal to be rendered
stereophonic is anplified by an anplification factor
(Pg) and subsequently del ayed by a delay time (L p); or

15 alternatively, in case both said anplification factors
are equal (P, = Pg): the nono signal to be rendered
stereophonic is delayed by a delay tine (L 3) and
subsequently anplified by an anplification factor (P,);
or alternatively, in case both said anplification

20 factors are equal (P, = Pg): the nono signal to be
rendered stereophonic is anplified by an anplification
factor (P,) and subsequently del ayed by a delay tine
(L"p); or alternatively, in case both said delay tinmes
are equal (L', =L p): the nono signal to be rendered

25 stereophonic is delayed by a delay tinme (L' ,) and
subsequently anplified by an anplification factor (Pg);
or alternatively, in case both said delay tines are
equal (L' = L' p): the nono signal to be rendered
stereophonic is anplified by an anplification factor

30 (Pg) and subsequently del ayed by a delay tine (L ,); or
alternatively, in case both said delay tines are equa
(L'e =L ) and both said anplification factors are
equal (P, = Pg): the nono signal to be rendered
st ereophonic is delayed by a delay tine (L ,) and

35 subsequently anplified by an anplification factor (P,);
or alternatively, in case both said delay tines are
equal (L' = L p) and both said anplification factors



rendered stereophonic is factor (Pa), delayed by a in case both said amplified both said Pp):
amplified by an amplification 30 alternatively: % the mono signal to be rendered stereophonic is
amplified by an amplification factor (Pp ), delayed %Ba delay time (L'a = L'p) and subsequently either:
in 161 case both said amplification factors are equal (Pa = Pp): amplified by an amplification factor
(Pp); or, in case both said amplification factors are not equal (Pa f Pp): amplified by an amplification
factor (Pa); as 5 well as overall: (n) the stereo decoding of the mid and side signal into a stereo

signal takes p & (é(r51 Iéqrn?g)/elg_z: %ﬂg StgraQ dﬁﬁﬂ@ingioéﬁ%? n}ig agg.sri%q]aigp(?binto a stereo signal
0 e w

on the basis of a modified steréo decdder 10 takes plac ich contains an adder and a subtractor in

order to add ré&{2t6 L0BRREGNH S SFRAL (Ve D) l?é(sﬁéoct}véﬁ%n?dfiﬁé&%‘}ed’r%é‘termined factors. 21.
Method accordiebay ethitnyl 4 othalagtetizedin( L’ , ) ;

(i) the signals obtained under (g) and (h) are
5 added in order to obtain a side signal; or, in case
both said delay tinmes are equal (L 4 = L p):

(j) the nono signal to be rendered stereophonic is
del ayed by a delay time (L', = L) and subsequently
either: in case both said anplification factors are

10 equal (P, = Pp): anplified by an anplification factor
(2 * Po =2 * Pg); or, in case both said anplification
factors are not equal (P, # Pg): anplified by the sum
of anplification factors (P, + Pg), in order to obtain
a side signal; or alternatively:

15 (k) the nono signal to be rendered stereophonic is
either: in case both said anplification factors are
equal (P, = Pg): anplified by an anplification factor
(2 * Po =2 * Pg); oder, in case both said
amplification factors are not equal (P, # Pg):

20 anplified by the sumof anplification factors (P, + Pp)
and subsequently del ayed by a delay tine (L', = L p),
in order to obtain a side signal; or alternatively:

(1) the nmono signal to be rendered stereophonic is
anplified by an anplification factor (P,), delayed by a
25 delay tinme (L', = L") and subsequently either: in case
both said anplification factors are equal (P, = Pp):
anplified by an anplification factor P, or, in case
both said anplification factors are not equal (P, #
Pg): anplified by an anplification factor (Pg); or
30 alternatively:

(m the nono signal to be rendered stereophonic is
anplified by an anplification factor (P ), delayed by
a delay time (L' = L) and subsequently either: in



that 15(a) the angle (y) ascertained or stipulated manually or by metrology is analyzed; or: (aa) an
arbitrarily or algorithmically determined fictitious opening angle (a), lying to the left of a main axis, is
not an element of an environment of zero 20 nor | to zero, and for which, provided said angle (y)
ascertained or stipulated manually or by metrology is positive, the condition is met that this angle (y)
ascertained or stipulated manually or by metrology is smaller than or equal to said fictitious opening
angle 25(a) lying to the left of the main axis, is analyzed; or: (bb) an arbitrarily or algorithmically

determined fictit] ' I | the ri ' [ t I t of
emironement 1 356 00 hor SINE L, 2 g s e Sor il (0 aacertained o

stipulated martiafly 8B hdiRfbRYisaeAi0e | the@nbifdn|i@H&rthafine vAle difthis angle (y)
ascertained orcstipelldiot maaiallyanmily 62 abetoslofact smallarteanatr eggeabio g2y fictitious

opening anglqupi;gyingé%ﬁlq: figghofgpeéﬂaig@mis,,f@ anakygediYet or (c&l‘pa) dirggtional characteristic,
ascertained org%(lf? stipulated r%k/agually or by metrology, of the mono signal {0 be rendered
n

stereophonic i alFad®¥fd rall: (b) an amplification factor (Pm') depending on said angle (y)
ascertained or stipulated manually or by 10 metrology or on said fictitious opening angle (a) or on a

directional charactefigiic phthesiepesignat PAg of the nid and side signal
into a stereo signal takes place; or alternatively: the
stereo decoding of the md and side signal into a
stereo signal on the basis of a nodified stereo decoder
10 takes place, which contains an adder and a subtractor
in order to add resp. to subtract input signals (M 9)
respectively anplified by predeterm ned factors.

21. Method according to claim 14, characterized in
t hat

15 (a) the angle (¢) ascertained or stipul ated
manual Iy or by nmetrology is analyzed; or:

(aa) an arbitrarily or algorithmcally determ ned
fictitious opening angle (a), lying to the left of a
main axis, is not an el ement of an environnent of zero

20 nor equal to zero, and for which, provided said angle
(@) ascertained or stipulated manually or by netrol ogy
is positive, the condition is nmet that this angle (o)
ascertained or stipulated manually or by netrology is
smal ler than or equal to said fictitious opening angle

25 (o) lying to the left of the main axis, is analyzed;
or:

(bb) an arbitrarily or algorithmcally determ ned
fictitious opening angle (B), lying to the right of a
main axis, is not an elenment of an environenent of zero

30 nor equal to zero, and for which, provided said angle
(@) ascertained or stipulated manually or by netrol ogy
is negative, the condition is nmet that the val ue of
this angle (¢) ascertained or stipulated manually or by



rendered stereophonic is calculated, wherein (1/Pm’) may not be equal to zero or an element of an
environement of zero; 15(c) an amplification factor %Pp') depending on said angle (y) ascertained or
stipulated manually or by metrology or on one of s]a 3 fictitious opening angles (a or 13) or on a
directional characteristic of the mono signal to be rendered stereophonic is calculated; and 20overall:
(d) a delay time (L'a) depending on said angle (y) ascertained or stipulated manually or by metrology
or on said fictitious opening angle (a) or on a directional characteristic of the mono signal to be 25

rendered ster ' we rall o id time parameter (skis£alculated: qr: (e) a delay
time (L'13) de%ﬁ%‘i)%c%%%sa{i aaﬁ n%?yfésge@%?n?go%gdlat{g n‘gﬂgm‘ﬁw L({)!r"%l E)ef%%{tjr%logy or on said
fictitious openPREHJM (B &h g@o Yedt@nhPchdtacteright oPthe MBnBRigha¥% Be rendered
stereophonic aswahalsymedall on said time parameter (s) is calculated; and overall: 163 (f) the
mono signal to be rendered stereophonic is amplified by an amplification factor (Pm’); as well as

either: (g) the mono si%na%ito be rendered stereophonic is.5 delaﬁfd bY a delay time (L'a); or
ai

alternatively, in cas ('b%)th dqu)y {il%'%glar ?ﬁﬁ ELeé ':Sl_t'ﬂ))(.: thémoho ﬁéﬁ%ﬂ o B rendered
stereophdnic i8ldetaydid puh aleey tiraayebhly orhpthermabholsisial toobe r&eddred Gtereophonic is
10 delalyed bysa gletay tirge fe'p) and subgegueiitoynplfies by aamanglifieatiomfastor (Pp’); or
alternatively: tlae errrl%r‘q signal to be rendered stereophonic is amplified by an amplification factor (Pp")
and subsequenYIy delayed by a delay time (L'p); 15 or alternatively, in case both said delay times are
equal (L'a = L'p): the mono signal to be rendered stereophonic is delayed by a delay time (L'a) and
subsequently ampli{ied byraraampplifidagianifaciof dep'yiror (@fgrnailadeidicage dotls adid delay times

20 are equal (%i%-—r gpg:ﬂ)tgrifg/gg%? ls'gngb[g e ren !%E?Légeéao%q({lymig gm@}ifi by an amplification

factor (Pp') an bse elayed by a delay fi ‘a); ignals obtained under (g) and

(h) are atfiled BbhRIPDSIAY siBRal Bt An'daSEHoH? YaidORIYI APRARE e Clial(L'€E L'p):

a directional characteristic of the nono signal to be
rendered stereophonic is calculated, wherein (1/Py)
may not be equal to zero or an elenment of an

envi ronenent of zero;

15 (c) an anplification factor (Pg ) depending on said
angle (¢) ascertained or stipulated manually or by
nmetrol ogy or on one of said fictitious opening angl es
(a or B) or on a directional characteristic of the nono
signal to be rendered stereophonic is cal cul ated; and

20 overall

(d) a delay tinme (L' ,) depending on said angle (o)
ascertained or stipulated manually or by netrol ogy or
on said fictitious opening angle (a) or on a
di rectional characteristic of the nono signal to be
25 rendered stereophonic as well as overall on said tine
paraneter (s) is calculated; or

(e) a delay tinme (L) depending on said angle (o)
ascertained or stipulated manually or by netrol ogy or
on said fictitious opening angle (B) or on a
30 directional characteristic of the nono signal to be
rendered stereophonic as well as overall on said tine
paraneter (s) is calculated; and overall



()) the mono signal to be rendered stereophonic is delayed by a delay time (L'a = L'p) and
subsequently amplified by an amplification factor (f "), in order to obtain a side signal; or alternatively:
30(k) the mono signal to be rendered stereophonicis amplified by an amplification factor (Pp’) and
subsequently delayed by a delay time (L'a = L'p), in order to obtain a side signal; as well as overall:
164 (1) the stereo decoding of the mid and side signal into a stereo signal takes place; or
alternatively: the stereo decoding of the mid and side signal into a stereo signal on the basis of a

modified stereo de &5\5{ keﬁ)ﬂlgcg \%HQh GO é&mg aeﬂé%t £ |@ qrger to add resp.

to subtract input sigha S) respeciti fle prede ermlned factors. 2 Method according
to claim 14, cf?d?ﬁ&t'ehk@&i rpbha"f“io?émhe an@f‘ét ﬁ%s{é‘l‘f&%d PétbulfAed Weiduad$ or by
metrology is aealyled; or: (aa) an arbitrarily or algorithmically determined fictitious opening angle
(a), lying to the left of a main axis, is not an element of an environment of zero 15 nor equal to zero,
and for which, prow ed said angle (y) ascertained r stipul ted metrology is positive,
the condition is met't ﬂ)ﬁtt a}ke ﬁé@((y% aindy F’sﬁqu‘ pS)YP kfrolo y is smaller
than or equal @esay gdtitioustosialiny ahgre2d(k) Wing © tf@ bﬁrcnahe Vrﬁiltﬁ axishis analyzed; or:

(bb) an arbitragifyser aig@ntheac@lyd&tawneﬁéetla@@ egering @ngle £p). 1ying tprlee right of a main
axis, is not an reve]men r%sq%n envwoonementoo 0o g%enrOég@Hgl o erg, %’é‘ﬂ f%/r w(p %h prowded said

angle (y) ascertalnedS |pulated manua y or y metrol
delay tine B)

(h) the nono signal to be rendered stereophonic is
10 delalyed by a delay tine (L' ) and subsequently
anplified by an anplification factor (P ); or
alternatively: the nono signal to be rendered
stereophonic is anplified by an anplification factor
(Pg') and subsequently delayed by a delay time (L p);
15 or alternatively, in case both said delay tines are
equal (L' = L' p): the nono signal to be rendered
st ereophonic is delayed by a delay tinme (L ,) and
subsequently anplified by an anplification factor
(Pg); or alternatively, in case both said delay tines
20 are equal (L' = L g): the nono signal to be rendered
stereophonic is anplified by an anplification factor
(Pg') and subsequently del ayed by a delay time (L g);

(i) the signals obtained under (g) and (h) are
added to obtain a side signal; or, in case both said
25 delay tinmes are equal (L', = L'p):

(j) the nono signal to be rendered stereophonic is
del ayed by a delay time (L', = L) and subsequently
amplified by an anplification factor (Pg), in order to
obtain a side signal; or alternatively:

30 (k) the nmono signal to be rendered stereophonic is
amplified by an anplification factor (Py ) and
subsequent |y del ayed by a delay time (L' = L), in
order to obtain a side signal; as well as overall:



IS negative, the condition is met that the value of this angle (y) ascertained or stipulated manually or by
metrology is smaller than or equal to said fictitious ag opening angle (p) lying to the right of the main
axis, is analyzed; or: (cc) a directional characté tic, ascertained or also stipulated manually or by
metrology, of the mono 165 signal to be rendered stereophonic is analyzed; and overall: (b) an
amplification factor (Pm") depending on said angle (y) ascertained or stipulated manually or by 5
metrology or on said fictitious opening angle (p) or on a directional characteristic of the mono signal to

be rendered stereo?h May ol bg&guglf @ezg'ﬁ)g}é)% |an element of

‘Z”'ﬂ%c‘%“%'? ‘%
an environment of zer C an amp flcatlon ctlor Pa) ep endln on said a ascertained or

stipulated madd¥i9 & Wﬁéﬁ@lo@&%%‘n SrKEfsdl %Eﬁnoﬁoﬁéﬂlﬁé %ﬁbl‘e‘ée{%%r fé)‘%r on the
directional charteteesticdetthel mgnofsigriat tarbe remdereddtereoghahiciistalcalated; 15 and overall:

(d) a delay timg; %@é&e@ﬁaﬁm YhSAANGEE (19 ascerainsdiaribiguisted Brny@ty gepy metrology
or on said_fictitious openin I@é orona dlrectlonal haracteristic oaﬁe mono signal to be 20
rendered terétﬁ%ﬁ‘)ﬁld%é il a aI?8Ht53|dqt?m3rba? ﬁi@ era(g)alsa}:aff Me%CBP ' (e) a delay
time (L'13) depéndingoh sa0d addler (§F Bscdrinisedbr atpularphasu@nabsby MetiBlogy or on said

fictitious openingsinatie (RO ARB difestiong! gasaeieestin Atilermeresignal to be rendered
stereophonic as well as overall on said time parameter (s) is calculated; and overall: (f) the mono

signal to be rendered stereophonic is amplified by an amplification factor (Pm"); as well as 30either:
Met hod according to claim 14, characteri zed in

t hat

10 (a) the angle (¢) ascertained or stipul ated
manual Iy or by nmetrology is analyzed; or:

(aa) an arbitrarily or algorithmcally determ ned
fictitious opening angle (a), lying to the left of a
main axis, is not an el ement of an environnent of zero

15 nor equal to zero, and for which, provided said angle
(¢) ascertained or stipulated manually or by netrol ogy
is positive, the condition is nmet that this angle (o)
ascertained or stipulated manually or by netrology is
smal ler than or equal to said fictitious opening angle

200 (o) lying to the left of the main axis, is analyzed;
or:

(bb) an arbitrarily or algorithmcally determ ned
fictitious opening angle (B), lying to the right of a
main axis, is not an elenment of an environenent of zero

25 nor equal to zero, and for which, provided said angle
(¢) ascertained or stipulated manually or by netrol ogy
is negative, the condition is nmet that the val ue of
this angle (¢) ascertained or stipulated manually or by
netrology is smaller than or equal to said fictitious

30 opening angle (B) lying to the right of the main axis,
is anal yzed; or:

(cc) a directional characteristic, ascertained or
al so stipulated nanually or by netrol ogy, of the nono



166 amplified by an amplification factor (Pa'); or alternatively: the mono signal to be rendered
stereophonic is amplified by an amplification factor (Pa ') and subsequently delayed by a

(L'a); 5 or alternatively, in case both said delay ti

delay time

are equal (L'a = L'p): the mono signal to be

rendered stereophonic is delayed by a delay time (L'p) and subsequently amplified by an amplification
factor (Pa’); or alternatively, in case both said delay times 10 are equal (L'a = L'p): the mono signal to
be rendered stereophonic is amplified by an amplification factor (Pa’) and subsequently delayed by a

delay time (L' @ %épe orH)espeﬁl?tg kéquesngf%cbérr%ﬁ?@wqrgc En%qlgl)é%quy lay ti

alternatively, in 1

ase oth said delay times are equa L'p): the mono signal to be

stereophonic |9‘6‘Jerz%}e|d by a delay time (L'a); (i) the signals obtained under (g) and
added to obtain a side signal; or, in case both said 20delay times are equal (L'a=L'p):

signal to be rendere;cb teégpp(i}ﬂgqlq i5i delayeshy adely (g (ha gdpRriichguisgauently amplified

by an amplification
to be rendered &efe nefc

tor (P der to obt d ti | 25(k) the
S50 Kokt by b i hp b b N AL beet e

me (L'p); or
rendered
(h) are

() the mono

mono signal
y delayed by

a delay time (IT&t I0pPAY obderad obdhid o sideisigrRitsaoren la@@)v@ﬂeﬂl ) (H9 s@re®decoding of
the mid and sige gignad B0JR a stese@sione takes pbace; 19 aﬁﬁﬁtﬁ“ﬁ’ﬁ@nﬁle stereredecoding of the

(%n%l mtg &+ gtter?o § ﬁq%nlﬁ)n the b%%ﬁ of rpgglfle rgo dtgcjﬁt) ta es place, which

mid and side
contains an a

er and a subtrac in or erto a resp. to s ract in

respectively afp¥ifid@by RRe@stirhined faglofs.nor an el ement of an

10

15

20

25

30

envi ronnent of zero;

(c) an anplification factor (P, ) depending on said
angle (¢) ascertained or stipulated manually or by
nmetrol ogy or on one of said fictitious opening angl es
(o or B) or on the directional characteristic of the
nono signal to be rendered stereophonic is calcul ated;
and overal |

(d) a delay tinme (L' ,) depending on said angle (o)
ascertained or stipulated manually or by netrol ogy or
on said fictitious opening angle (a) or on a
di rectional characteristic of the nono signal to be
rendered stereophonic as well as overall on said tine
paraneter (s) is calculated; or

(e) a delay tinme (L) depending on said angle (o)
ascertained or stipulated manually or by netrol ogy or
on said fictitious opening angle (B) or on a
di rectional characteristic of the nono signal to be
rendered stereophonic as well as overall on said tine
paranmeter (s) is calculated; and overall

(f) the nono signal to be rendered stereophonic is
anplified by an anplification factor (Py'); as well as
ei ther:

(g) the nono signal to be rendered stereophonic is
del ayed by a delay tinme (L ,) and subsequently

sighals (M, S)



23. Method according to claim 14, characterized in that for (a) the angle (y) ascertained or
stipulated manually or by metrology a constant value Is assumed; or: (aa) an arbitrarily or
algorithmically determined fictitious opening angle f’aej lying to the left of a 10 main axis, that is not an
element of an environment of zero nor equal to zero, and for which, provided said angle (y)
ascertained or stipulated manually or by metrology is positive, the condition is met that this angle (y)
ascertained or stipulated manually or by 15 metrology is smaller than or equal to said fictitious opening

angle (a) Iylngat pelJefE% f%;?noﬂm slap% ta? I%%{soas g& (bb) an arbitrarily or

algorithmically determine us o ning ang ying to th of a 20 main axis, that is not an

element of an @hlEERAENY & ﬁ'erotﬂ'b‘? e@'&ﬁptosie%a nd ﬂ)r%lﬁﬁ N4URRd said angle (y)
ascertained orsstgautaipt omarwudlly carigyl métrelbglpys aagatmd, ithe caradltmn iswtesthat the value of

this angle (y) ggserty mgﬁ@r@&gg A9 IMank&liyas pygyetolggy 4 stahgr than or equal to said
fictitious qQpenin r] le é? I \9 the r| ht of the main axis, stant value is assumed wherein:
(cc) adir tlorﬁ’a{J ﬂ% ﬁ!ﬂ ﬁgé(ertal e&%?%ls%ost u?eﬁeaarﬁ%ﬂlﬁa\ﬂy dr%smé{rglogy, of the mono
30 signal to beeerleréd- ssereobhﬁ))mc taebavapukitanal willoahe overderss  (b) a constant
time difference{leg’ @gghbﬁp preyoudy galggllaged goaépag of thﬁse(q_orb;taéyt,yalues or a constant

amplification f'%uatgr adgnﬁo or P IorTP m o Pm Ipr wggsly clalcruaa:teg from one of 5 these

constant values iS us% in a device accord |ng one § ecalms 1t
"); or alternatlvely, in case both said deI ay tines

10 are equal (L'e = L p): the nono signal to be rendered
stereophonic is anplified by an anplification factor
(Ps ) and subsequently delayed by a delay tine (L' );

(g) the nono signal to be rendered stereophonic is
del ayed by a delay tinme (L g); or alternatively, in
15 case both said delay times are equal (L', = L' g): the
nono signal to be rendered stereophonic is delayed by a
delay tinme (L' );

(i) the signals obtained under (g) and (h) are
added to obtain a side signal; or, in case both said
20 delay tinmes are equal (L4 = L' p):

(j) the nono signal to be rendered stereophonic is
del ayed by a delay time (L', = L) and subsequently
anplified by an anplification factor (P, ), in order to
obtain a side signal; or alternatively:

25 (k) the nmono signal to be rendered stereophonic is
anplified by an anplification factor (P, ) and
subsequent |y del ayed by a delay time (L' = L), in
order to obtain a side signal; as well as overall:

(j) the stereo decoding of the md and side signal
30 into a stereo signal takes place; or alternatively: the
stereo decoding of the md and side signal into a
stereo signal on the basis of a nodified stereo decoder
t akes place, which contains an adder and a subtractor



24. Method according to claim 14, characterized in that -a delay time (La' = Lp') is calculated by the 10
multiplication of constants (/5 - 1)/2 with said timeﬁgzameter (s > 0) or a preset value for this time
parameter (s), multiplied with said just mentioned stant, is used as delay time (La' = Lp"), -an
amplification factor (Pm' = Pm") is equal 15 to the constant 4/5, the mono signal to be rendered
stereophonic is multiplied by an amplification factor 4/5, in order to obtain a mid signal, the
mono signal to be rendered stereophonic is 20 delayed by a delay time (La' = Lp’) in order to obtain a

side signal, g?edgter@%dgﬁ%dlpgg thet gﬂ%ﬂgg [sgiée[ S|g |L|pt05<’fl gﬂ?g SW kes place; or
he S alon

alternatively: t tereo decoding of the m id and side signal Iinto a 25 stereo sig he basis of a
modified stereb&RRBEE! RleX pﬂé‘&l hfried cBHtaﬁHsegﬁta@H@P 858 af /BHAER T in order to add resp. to

subtract input signals (M, S) respectively amplified by predetermined factors. 25. Method according

to claim 14, charactegizegih &9 accordgdslay tige(Lay mij) isQigulated ybg mutiplication of

constants (/5 - 1)/2 Wth said time parameter (s > 0) or a preset value for this time parameter (s),

multiplied with s‘i’ mentioned 5constant, is used as delay time (La' = Lpf), an amplification
factor (Pa=Pp)is equal to the constant 5/4,
5 (a) the angle (¢) ascertained or stipul ated

manual Iy or by nmetrol ogy a constant val ue is assuned,
or:

(aa) an arbitrarily or algorithmcally determ ned

fictitious opening angle (a), lying to the left of a

10 main axis, that is not an el enment of an environnent of
zero nor equal to zero, and for which, provided said
angle (¢) ascertained or stipulated manually or by
netrology is positive, the condition is net that this
angle (¢) ascertained or stipulated manually or by

15 mnmetrology is smaller than or equal to said fictitious
opening angle (o) lying to the left of the main axis, a
constant value is assuned; or:

(bb) an arbitrarily or algorithmcally determ ned

fictitious opening angle (B), lying to the right of a

200 main axis, that is not an el ement of an environnent of
zero nor equal to zero, and for which, provided said
angle (¢) ascertained or stipulated manually or by
netrology is negative, the condition is net that the
value of this angle (¢) ascertained or stipul ated

25 manually or by netrology is snmaller than or equal to
said fictitious opening angle (B) lying to the right of
the main axis, a constant value is assunmed; wherein:

(cc) a directional characteristic, ascertained or
al so stipulated nanually or by netrol ogy, of the nono
30 signal to be rendered stereophonic can be stipul ated at
will; and overall:



the mono signal to be rendered stereophonic is used directly as mid signal, 10the mono signal to be
rendered stereophonic is delayed by a delay timeékg‘ = Lpf) and subsequently amplified by an
amplification factor 5/2 in order to obtain a side si ; or alternatively: the mono signal to be rendered
stereophonic is amplified by an 15 amplification factor 5/2 and subsequently delayed by a delay time
(La' = Lpf) in order to obtain a side signal; or alternatively: a main signal to be rendered stereophonic is
amplified by an amplification factor P and subsequently delayed by a delay time (L'A =L's) 20 and

subsequently amplifigsl b% qébtﬁgpg{}ﬁgtippé%cgr %/i%cgﬂgléto( Qtﬁtai%aésrid signal, wherein for the
an ere *Q=

amplification factors applies, the stereo decoding of the mid and side

ation
signal 25 into B'sfe8Yiiral ?é\lé‘s"ﬂ)lﬁ&@;‘gorfélmé’tﬂ%lﬁfthé RR$E0 CRESHRABIOrYRE HRE and side
signal into a sterea sigmas barhe bapisidfiacabdifiedfstereordddBgenitak®s ptacePyrhioln contains an

adder and a syig{ragporﬁworg?r qswpdsi FeFRP @Hgt@ctcigpgtﬁig%lg (M sh39espectively amplified
by predet rmingﬁqfactors. 170 %te\r/eaj decoder additionally apaear.s amplified ?g an attenuation (2,, =

p) or an a pliﬁ o f‘égf?)?t(%‘. M§Fethdd At rd'irqbt"b SiM 99, 8fF&3kt r38dYR that the mid

signal prior to Passiaf thiveighlthe BeeréotBodésoder additionally appears amplified by a reciprocal
attenuation (14k) or an amplification factor (14i), wherein (1 M t + k'O and A, =t + kfl. 28. Method

according o claim L, chaggsierized i gt giiner, 10; gne: stefeo giegodt gf psqyostereo
conversion andr']two panorama potentiometer connected
t hat

- a delay tinme (L, = Lg) is calculated by the
10 multiplication of constants (V5 - 1)/2 with said time
paranmeter (s > 0) or a preset value for this tine
paranmeter (s), multiplied with said just mentioned
constant, is used as delay tinme (L, = Lg),

- an anplification factor (Py = Py ') is equal
15 to the constant 4/5,

- the nono signal to be rendered stereophonic is
multiplied by an anplification factor 4/5, in order to
obtain a md signal,

- the nono signal to be rendered stereophonic is
20 delayed by a delay tine (L, = Lg) in order to obtain
a side signal,

- the stereo decoding of the md and side signal
into a stereo signal takes place; or alternatively: the
stereo decoding of the md and side signal into a

25 stereo signal on the basis of a nodified stereo decoder
t akes place, which contains an adder and a subtractor
in order to add resp. to subtract input signals (M 9)
respectively anplified by predeterm ned factors.

25. Method according to claim 14, characterized in
30 that



downstream thereto are passed through, wherein each panorama potentiometer forms two collective
buses; or: - one stereo decoder for the pseudostereo 15 conversion and one amplifier, connected
upstream of the stereo decoder, for amplifying an ]rﬁ ut signal from the stereo decoder are passed
through; or: - one stereo decoder for the pseudostereo conversion and respectively one amplifier
connected 20 upstream of the stereo decoder for each input signal of the stereo decoder are passed
through; or: - a modified stereo decoder for the pseudostereo conversion, which contains an adder and

a subtractor in order to agd éﬁ%Jolspn.%a}ﬁ_inpu;siq_r%af (,\/5 %ﬁ%ms&gg@v a_mpéified by
ghi

predetermined factors, is passed throu order to Ig§ erate )rs]}g?nals that are identical with said
collective bus Sighal?1 128 1Rtivd &65oTding 18 claim 14, chafadtéfizedim'that aR@utomatic or
interactive optpaizatien ef a @9 par@meder @ opngdescrimhg éhd diredtlunal pattern of a signal that is to

be rendered s?‘(g%@q@'@, C(r_sqf, 17, fsgﬁdpqtr;gg@ (X qqgegtgjr@q Qrstingiated manpally or by metrology

and enclc;?ed the main axis and the sound source, or of a fictitioys |eft opening angle (a) or of a
fictitious right § &ﬁh&%ﬁwglé &)) lﬂ)?%?l aﬁsatt%?llua}foﬁ I(lg'a‘or a{'r?‘atténu tioh’ (p) or of amplification factors

(142) or (14i) or (k") or (p ) or of a degree of correlation (r) or of a parameter (a) for defining an

allowable value range or ainaitRiue (40ifendeteemning sk rpgx)mizgwgeamgpsqlgte value 10 or of
a deviation (A}_Iﬂreof %R(g[aa{n?teé Q defining a localisation direction or of a limit value (S.") for selecting

an image width or of a deviation (c) or of a limit value (Uf) for optimizing the function values with
respect to an image width or of a deviation (K)
- the nono signal to be rendered stereophonic is

used directly as md signal,

10 - the nono signal to be rendered stereophonic is
del ayed by a delay tinme (L, = Lg ) and subsequently
anplified by an anplification factor 5/2 in order to
obtain a side signal; or alternatively: the nono signa
to be rendered stereophonic is anplified by an

15 anplification factor 5/2 and subsequently del ayed by a
delay time (L, = Lg) in order to obtain a side
signal; or alternatively: a main signal to be rendered
stereophonic is anplified by an anplification factor P
and subsequently delayed by a delay tine (Lo = L’ p)

20 and subsequently anplified by an anplification factor Q
in order to obtain a side signal, wherein for the
anplification factors P and Qthe relation (P * Q =
5/ 2) applies,

- the stereo decoding of the md and side signal
25 into a stereo signal takes place; or alternatively: the
stereo decoding of the md and side signal into a
stereo signal on the basis of a nodified stereo decoder
t akes place, which contains an adder and a subtractor
in order to add resp. to subtract input signals (M 9)
30 respectively anplified by predeterm ned factors.

26. Method according to claim 14, characterized in
that the side signal prior to passing through the



15 for forming a resulting stereo signal or of said time parameter (s) takes place on the basis of one or
several weighting functions. 30. Method accordin%zo claim 14, characterized in that an automatic or
interactive optimization of a 20 parameter (f or n) chibing the directional pattern of a signal that is to
be rendered stereophonic, or of said angle (y) ascertained or stipulated manually or by metrology and
enclosed by the main axis and the sound source, or of a fictitious left opening angle (a) or of 25 a
fictitious right opening angle (0) or of an attenuation (k) or an attenuation (p) or of amplification factors

(142) or (14i) qQr. (k) ot ([P r relati I er.(a) far defining an
allowable valu%tr%]gg o%‘%#ﬁiﬁ;?%?goﬁﬁl% %oﬂrie%%é%grg@ﬁammb ar‘;g ﬁrbsolute value or of

a deviation (AR 6MYBhtARetet () dBfirfig @MoIRAlibH BRELEh bRGE LTimithalue (S.') for selecting

an image width or of a deviation (c) or of a limit value (Uf) for optimizing the function values 35 with

respect to an imageywidthor Rba dsviadiog (g ferforPHgR @;s,ult(iﬂga?tg_gq%ﬁiggghoq ¢f said time

parameter (s) takes place on the basis of the 172 reverberation of an existing stereophonic or

pseudostereo;g ic SlfnalbPoft ltf%‘%sigrdf UhafLidtiek %%ﬁh@& %qu e UdEr R ir“?goto the
reverberabion.dec gdeMealdst htedralrgitoappenl s, empheterigdd by trat Hesbptimiakion of a

parameter (f o) éRseribion the Airpctianak natiam o sisnabinat ictodie (endgred stereophonic, or
of said angle (‘)N/%g%%ertaiqod Qr stiQuK;\,teq nbanéjr?l y)gr:bmiJsetrﬁl gy and 10 enclosed by the main axis
(a) or

and the sound sourcel,nor a fictitious left opening angle f'a fictitious right opening angle (0) or

of an attenuation (2) or an attenuation (p) or of amplification factors (142) or (14i) or (2),") or ((D.") or of
a degree of correlatzsh (rMet hod according to claim14, characterized in

that either:

10 - one stereo decoder for the pseudostereo
conversion and two panorana potentioneters connected
downstream t hereto are passed through, wherein each
panor ama potentionmeter fornms two collective buses; or:

- one stereo decoder for the pseudostereo
15 conversion and one anplifier, connected upstream of the
stereo decoder, for anplifying an input signal fromthe
stereo decoder are passed through; or:

- one stereo decoder for the pseudostereo
conversion and respectively one anplifier connected
20 upstream of the stereo decoder for each input signal of
the stereo decoder are passed through; or:

- a nodified stereo decoder for the pseudostereo
conversi on, which contains an adder and a subtractor in
order to add resp. to subtract input signals (M S)

25 respectively anplified by predeterm ned factors, is
passed through in order to generate signals that are
identical with said collective bus signals.

29. Method according to claim 14, characterized in

that an automatic or interactive optimzation of a
30 paraneter (f or n) describing the directional pattern
of a signal that is to be rendered stereophonic, or of



15 or of a parameter (a) for defining an allowable value range or a limit value (MK) for determining
resp. maximizing an absolute value or of a deviartri%y; (A) or of a parameter (z) defining a localisation
direction or of a limit value (S.") for selecting an i g]e width or 200f a deviation (c) or of a limit value
(UK) for optimizing the function values with respect to an image width or of a deviation (K) for forming a
resulting stereo signal or of said time parameter (s) takes place on the basis of the first main reflection
of an 25 existing stereophonic or pseudostereophonic signal. 32. Method according to claim 14,

h terized | t tinjzati ter (f ibi irectional patt f
signal that i &‘Z@%ﬁ%&%’Zl@ié%%‘g%@p%ﬁiﬁ?g‘*a%fan%ﬁé‘ B el < S ey o

by metrology & EREIBEY B th&ERHIPSRE M RS ITRII SRS, #M 4 M&itisAY Mk opening angle
(a) or of a fictisaus dght apenirig andlieqD) or oluan b&éhuaten{2) @r angteenUajioon(p)dr of

amplification factprs:¢442) &4 §5(Jr/'gl'}]pr E?ﬁé)n‘?rn@Déh%rl @f ] gzaggﬁe @frcogrelation (r) or of a parameter
(a) for de\gningain allowable vard i 173 range, or a limjt.value, (R*) for djtermining resp. maximizing an
absolute Valuébf 514 abli%%o L{” ) 8f of'd pﬁPa{rﬁQf‘é?t(i)od]efH?r)lg QMoiisation direction or of a limit
value (S*) for e@ptiiig aatimage Wigthasrsof(aldéviatasn (/o) ofd lirit Vil (¥ for @ptimizing the
function valuegwith i@sgeeldosin ictadeswvigth en of adeyiation (K) frirfareingra (esulting stereo signal
or of said time parameter (s) can be stipula re influenced by the user with 10 respect to the
characteristicsf 0 *thgezftc?hpéveﬁ r%\r?erj(ellrgjltY\éTl%ﬁ;rg of%%@%%hfe%ﬁ%eﬂrsg{ mgiﬁ r'erﬁ%eeati(\)/ré] %33, Method
according to cldim 14 o¢hZAgE@FiTMiMehat QAR PtIMXATEZ6MNE pAfarAdRe (fUdrth)\Risefbing the

directioned patternaff assidealithat isro p&)1%orenoiered ptereoptanic, (ar)of dafd anglg () ascertained or
stipulated manyglly qr by,m HO@W@@Pi %};Iqﬁedol?y the majn axjs and tlg§*§ow18lrsource, or of a
fictitious left opening a_ng}e a) or of a fictitious right opening angle ng or of an attenuation (2) or an
attenuation S€! €cting an image w dth or of a deviation (g) or of a

linmit value (U) for optimzing the function val ues

with respect to an image width or of a deviation (k)

15 for formng a resulting stereo signal or of said tine
paraneter (s) takes place on the basis of one or

several weighting functions.

30. Method according to claim 14, characterized in

that an automatic or interactive optimzation of a

20 paraneter (f or n) describing the directional pattern
of a signal that is to be rendered stereophonic, or of
said angle (¢) ascertained or stipulated manually or by
nmet rol ogy and encl osed by the main axis and the sound
source, or of a fictitious left opening angle (o) or of

25 a fictitious right opening angle (B) or of an
attenuation (A) or an attenuation (p) or of
amplification factors (1/A) or (1/t) or (A') or (p) or
of a degree of correlation (r) or of a paraneter (a)
for defining an all owable value range or a limt val ue

30 (R) for determining resp. maxim zing an absol ute val ue
or of a deviation (A) or of a paraneter (z) defining a
| ocal i sation direction or of a limt value (S) for
selecting an inmage width or of a deviation (g) or of a
linmit value (U) for optimzing the function val ues

35 wth respect to an image width or of a deviation (k)
for formng a resulting stereo signal or of said tine
paraneter (s) takes place on the basis of the



20(p) or of amplification factors (142) or (14i) or (kf) or (p ) or of a degree of correlation (r) or of a
parameter (a) for defining an allowable value ran r a limit value (R*) for determining resp.
maximizing an absolute value or of a deviation (A%leggof a parameter 25(z) defining a localisation
direction or of a limit value (S*) for selecting an image width or of a deviation (c) or of a limit value (U*)
for optimizing the function values with respect to an image width or of a deviation (K) for forming a
resulting stereo 30 signal or of said time parameter (s) takes place on the basis of an operator (U) or

(U*) containin ific transfer functi r:the f ] f irst. main reflection from the
stereophonic grég\};eei%%ogtégr(}aosp o%c%n%?géﬁa&gg b%/li?%z %qeyPa?;/o:ﬁrﬁg 3 trt*). 174 34. Method

according to cRERUILTHEF KR 1 tRLOIR! oftimi2RidNEr B8 smBier (f or n) describing the
directional pattdrardiat ®gnaltthatsis debiemeddénedt steraopdonioe lbabf saidtamgldnéy) ascertained or
stipulated manyajlys dy4petplogy and enclosed by the main axis and the sound source, or of a
fictitious left opening angle (a) or of a fictitious right opening angle (0) or of an attenuation (2) or an
attenuation (p) or of amplification factors (142) or 10(1/T) or (2),") or ((D.") or of a degree of correlation
(r) or of aparametedla) e tiBiGingCEOAIbWHDI¢ Qakleaiaiyd 4r adlmit agluer(Vigdor determining

resp. maximizingaan aheoluist Yatie &f oba dsviadiopd e 0ER Perametai)(z) defining a localisation
direction or 15 of a limjt.value (S ) for selecting an image width por of a.deyiatio or. of a limit value
(UK) for optimi%%lsg%twehbngjiin%\?algisr \‘%l:ﬁwlrggf)%ctQg%gnq%rgggpwi%tr?blggé dg\l}(i%ioh K) for forming a
resulting stereb%igeal'd? I SERIAIRE HaPLRBRNI(S) taREs Place@ FloAMeE Baki®lof one or several

operators contasung theé apecitic transienfunationadenthel forroatidry ohtbverrevedperatiah from the
delayed p§ und@layeded by the main axis and the sound source, or of a
fictitious left opening angle (o) or of a fictitious
ri ght opening angle (B) or of an attenuation (i) or an
attenuation (p) or of amplification factors (1/L) or
(1/7) or (X)) or (p) or of a degree of correlation (r)
15 or of a paraneter (a) for defining an all owabl e val ue
range or a linmt value (R) for determining resp.
maxi m zi ng an absol ute value or of a deviation (A) or
of a paraneter (z) defining a localisation direction or
of alimt value (S) for selecting an image width or
20 of a deviation (g or of a limt value (U) for
optim zing the function values with respect to an inage
width or of a deviation (x) for formng a resulting
stereo signal or of said tine paraneter (s) takes place
on the basis of the first main reflection of an
25 existing stereophonic or pseudostereophonic signal.

32. Method according to claim 14, characterized in
that the optim zation of a paraneter (f or n)
describing the directional pattern of a signal that is
to be rendered stereophonic, or of said angle (o)

30 ascertained or stipulated manually or by netrol ogy and
encl osed by the nmain axis and the sound source, or of a
fictitious left opening angle (o) or of a fictitious
ri ght opening angle (B) or of an attenuation (i) or an
attenuation (p) or of amplification factors (1/1) or

35 (1/1) or (A') or (p) or of a degree of correlation (r)
or of a paraneter (a) for defining an all owabl e val ue



stereophonic or pseudostereophonic signal. 35. Method according to claim 14, characterized in 25
that the optimization of a parameter (f or n) descrigiﬂg the directional pattern of a signal that is to be
rendered stereophonic, or of said angle (y) ascertained or stipulated manually or by metrology and
enclosed by the main axis and the sound source, or of a 30 fictitious left opening angle (a) or of a
fictitious right opening angle (0) or of an attenuation (2) or an attenuation (p) or of amplification factors
(142) or (14i) or (2),") or ((D.") or of a degree of correlation (r) or of a parameter (a) for defining an

allowable valulegﬁgfréan(gre q 3 ‘irmttva(i}{?q {J'\ék)gfﬂf defgmia’ggépﬁp.nmﬁéli?iéigg an absolute value or of
¢ ) defi nor )

a deviation (A) or Of a parameter (z ning a localisation direction or 175 of a limit value (S.") for
selecting an ir&dfé Width™ 1A @3RI €) BRbIS 1iffit Rliu@ (9R)V1orbhamiZiAY t¥ function values
with respect tmén ampge avidtheor (fz) deledtion (9 far favoahg aaeswtinglistezed isgmabor of said time

parameter (s) igkes plagg pnjhg Q@si@gﬂ) thpggc@rgp%ldmp}pdﬂ%taﬁ%@é a505¢3legyinverse problem.
36. Meth acfcﬁjrdinﬁéo claim 14,£téawacteri%;d in that an o imizztmof a parameter (f or n)
describing 10 He Giré&ional bgtr[‘e X fz?gig?l I ﬂlalt (%o b Ferdfer erfeg honic, or of said angle (y)

ascertained oogtpuiated mariEglyfaimgtmetiologly et andidsaEpart miih axisiameddgRe sound
source, or of gpjigitiRuslefpppeniagvingle 6n qrf afintitipys KoRoreniag JiSanglg (0) or of an

attenuation (2).0r an attenuation (p) or.of amplification factors (142) or_(14i) or (kf) or (p ) or of a
degree of corrgefa ioﬁ%r)%rggﬁ% pfgl)[r)r;tmoeftt?ergl ('ial) (#or{; ger?ﬁlirﬁ? é:é% ﬁé’]%\?vrab?es\)/lalgg rr]arlﬁ()g%e or a limit value

(MK) for deter@irifd ks thBimfAiy B 20MB6RRe/AIRY of Ha HEGRLIYH (R) or of a parameter (2)
defining polocalisgjiert tirectiarher ofalimitvaties ($.0 Joselettingamireagel width or of a deviation (c)

o of a limit vajug (g doropignizelo e TREoLaluge Wit Pspeshlp aniiadseyidfhor 25 ofa
deviation (K) for forming a resulting stereo signal or of said time parameter (s) takes place on the basis
of a dictionary or of a dictionary of operators. 37. Method according to claim 14, characterized in

that the optimizatio338f alzirdmeétexq€ord) ng to claim 14, characterized in

that an optim zation of a paraneter (f or n) describing
the directional pattern of a signal that is to be

15 rendered stereophonic, or of said angle (¢) ascertained
or stipulated manually or by netrol ogy and encl osed by
the main axis and the sound source, or of a fictitious
| eft opening angle (a) or of a fictitious right opening
angle (B) or of an attenuation (A) or an attenuation

20 (p) or of anplification factors (1/A) or (1/1) or (A")
or (p) or of a degree of correlation (r) or of a
paraneter (a) for defining an all owabl e val ue range or
alimt value (R) for deternining resp. maxinizing an
absol ute value or of a deviation (A) or of a paraneter

25 (z) defining a localisation direction or of a limt
value (S) for selecting an inmage width or of a
deviation (g or of a limt value (U) for optinzing
the function values with respect to an i mage wi dth or
of a deviation (x) for formng a resulting stereo

30 signal or of said tinme paraneter (s) takes place on the
basis of an operator (U) or (U*) containing the
specific transfer functions for the formation of the
first main reflection fromthe stereophonic or
pseudost er eophoni ¢ si gnal del ayed by the delay tine

35  (t*).



30 describing the directional pattern of a signal that is to be rendered stereophonic, or of said angle (y)
ascertained or stipulated manually or by metrolog¥§£d enclosed by the main axis and the sound
source, or of a fictitious left opening angle (a) or of afictitious 35 right opening angle (0) or of an
attenuation (2) or an attenuation (p) or of amplification factors (142) or 176 (14i) or (2),") or ((D.") or of
a degree of correlation (r) or of a parameter (a) for defining an allowable value range or a limit value
(R*) for determining resp. maximizing an absolute value or of a deviation (A) or of a parameter (z)

defining a Iocallsat %dlr%ttl%ar ng%]e fun\ﬁ#’u% g)S 8|f8 ﬁglfﬁtln%ﬂgﬂrg(@ggwlg@ dq{ a deviation (c)

or of a limit value R&r or optimizin on values Wlth respect to an image width or of a

deviation (K) fbF nﬁﬁ&a?@éulﬂh& abiPred s@mﬂ%rr%’f@éﬁrtnﬁé p2Fafidter (s) takes place on the
basis of the categanisdn wigh thesiduseictl ooadk! palvite anotifer docsligatdn trivatel bsother

characteristics; gf %ewéw&ﬁ%eg@@rg%Bhgﬁ@tédos(g@regphggqcym £538,Method according to
claim 14, characterized. ﬁﬁan e additional se of comﬁ&%sluon alg orithms or tha reducé{)n methods.
t

39. Method ac%ﬁﬁﬁﬁé ‘7&5 Ay, %hépa z%gl Tik: 1€a&t’o aIFB&éé) PEPofHPSt or second or
20nth order |S€J3@U058d4¢).)4\/léﬂh©dfm:lcﬁrcﬁﬁg $0 alAEntilae chardeterivedringhatadt I8Astadne phase

Shifte(; is usedf j ct4}. |Mat§0ﬂ@qcoaiti’@%tmglfaﬁg44e Cb&l)aC&ﬁriZ@KI\iA in thatcdg-ta EH%&
g:gﬂdgigigghéﬂ}g 2:@9 ?EL@Q %‘B s%l:) ;?1 ?;?O?nrg%ngb alned(fla%&gna C%r} a_na third
pseudostereofhdre $@fiaP(CL,MRSPIs 30 oBEMdd frERt ArPBbfa@tdPr @ht(slé Al (RY; wherein
optionallyp  (1/1) or (X)) or (p) or of a degree of correlation (r)
or of a paraneter (a) for defining an all owabl e val ue
range or a linmt value (R) for determining resp.
maxi m zi ng an absol ute value or of a deviation (A) or
of a paraneter (z) defining a localisation direction or
15 of a limt value (S) for selecting an i mage w dth or
of a deviation (¢) or of alinit value (U) for
optim zing the function values with respect to an inage
width or of a deviation (x) for formng a resulting
stereo signal or of said tine paraneter (s) takes place
20 on the basis of one or several operators containing the
specific transfer functions for the formation of the
reverberation fromthe del ayed or undel ayed
st er eophoni ¢ or pseudost er eophoni c signal.

35. Method according to claim 14, characterized in
25 that the optim zation of a paranmeter (f or n)
describing the directional pattern of a signal that is
to be rendered stereophonic, or of said angle (o)
ascertained or stipulated manually or by netrol ogy and
encl osed by the nmain axis and the sound source, or of a
30 fictitious left opening angle (o) or of a fictitious
ri ght opening angle (B) or of an attenuation (i) or an
attenuation (p) or of amplification factors (1/1) or
(1/t) or (X)) or (p) or of a degree of correlation (r)
or of a paraneter (a) for defining an all owabl e val ue
35 range or a limt value (R) for determning resp
maxi m zi ng an absol ute value or of a deviation (A) or
of a paraneter (z) defining a localisation direction or



177 - the obtained signals (Cu and (C2) are matched to one another. 42. Method according to claim
14, characterized in that - a mono signal (M) is usighgirectly as signal (C), - from the mono signal
(M) a first pseudostereophonic signal (L, R) is obtained, - from the mono signal (M) a second
pseudostereophonic signal (LS, RS) is obtained. 1043. Method according to claim 14, characterized in
that - from the left channel (L = M1) of a stereo signal a first pseudostereophonic signal (LS, C1) is
obtained, - from the right channel (R = M2) of a stereo 15signal a second pseudostereophonic signal
(C2, RS) is obtgingd; wherei [ |y e J ignals ( d (C2) are matched to one
another. 4. %eltﬁo , fcc%%g%@fg%lgmﬁ %f g@ﬁg@rﬁgd%nﬁzg %c’)aggslg%zﬁg |?lo?) s@stems for
reproducing s@indwiR ¥ I%hﬂ%’ef@rs?f, P chedib t %8B! peHdd heEding to claim 14,
characterized apthatirstead vhihef nespéctive cadtulasomot therteap elifferencesn(Lian@rolep or LA or LB
or Laror Lp og-Ast¢f 5y LB} 04 0GR BTPBICAtioN IAGIOTS P&PAEPALIR riimgr P or P or P
or PA or PB), if necessar?/ taklpg into account e.|nverselly£ro or |0{1§B at{teq(uatlonisélégr p) or the

amplification fa&GFEO ST gnal “or “of 'said tine pa akes p
on the basis of the technical inplenmentation of a so-

call ed inverse problem

neter

36. Method according to claim 14, characterized in
that an optim zation of a paraneter (f or n) describing
10 the directional pattern of a signal that is to be
rendered stereophonic, or of said angle (¢) ascertained
or stipulated manually or by netrol ogy and encl osed by
the main axis and the sound source, or of a fictitious
| eft opening angle (a) or of a fictitious right opening
15 angle (B) or of an attenuation (A) or an attenuation
(p) or of amplification factors (1/i) or (1/t) or (A)
or (p) or of a degree of correlation (r) or of a
paraneter (a) for defining an all owabl e val ue range or
alimt value (R) for deternining resp. maxinizing an
20 absolute value or of a deviation (A) or of a paraneter
(z) defining a localisation direction or of a limt
value (S) for selecting an inmage width or of a
deviation (g) or of a limt value (U) for optinizing
the function values with respect to an i mage wi dth or
25 of a deviation (x) for formng a resulting stereo
signal or of said time paraneter (s) takes place on the
basis of a dictionary or of a dictionary of operators.

37. Method according to claim 14, characterized in
that the optim zation of a paraneter (f or n)

30 describing the directional pattern of a signal that is
to be rendered stereophonic, or of said angle (o)
ascertained or stipulated manually or by netrol ogy and
encl osed by the nmain axis and the sound source, or of a
fictitious left opening angle (o) or of a fictitious

35 right opening angle (B) or of an attenuation (A) or an
attenuation (p) or of anmplification factors (1/1) or



178 (14k) or (14i) or (kf), a dictionary with corresponding values for the delaying or amplifying of the
input signal to be rendered stereophonic is used. 2 Method according to claim 45, characterized in 5
that the dictionary is created in the interval [0, nIZIL{ ﬁ the basis of values varied respectively by n/36
from a fictitious opening angle (a or 0) or from said angle (y) ascertained or stipulated manually or by
metrology.

(1/t) or (X)) or (p) or of a degree of correlation (r)
or of a paraneter (a) for defining an all owabl e val ue
range or a linmt value (R) for determining resp
maxi m zi ng an absol ute value or of a deviation (A) or

5 of a paraneter (z) defining a localisation direction or
of alimt value (S) for selecting an image width or
of a deviation (¢) or of alinit value (U) for
optim zing the function values with respect to an inage
wi dth or of a deviation (x) for formng a resulting

10 stereo signal or of said tine paraneter (s) takes place
on the basis of the conparison with the sinusoida
nodel or with another |ocalization nodel or other
characteristics of an existing stereophonic or
pseudost er eophoni ¢ si gnal .

15 38. Method according to claim 14, characterized by
the additional use of conpression algorithnms or data
reduction met hods.

39. Method according to claim 14, characterized in
that at |east one all-pass filter of first or second or
20 n'" order is used.

40. Method according to claim 14, characterized in
that at | east one phase shifter is used.

41. Method according to claim 14, characterized in
t hat

25 - a first pseudostereophonic signal (L, R) is
obtai ned froma nono signal (M,

- a second pseudost ereophonic signal (LS, G) is
obtai ned from an obtained left signal (L),

- a third pseudostereophonic signal (G, RS) is
30 obtained froman obtained right signal (R); wherein
optional ly:
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- the obtained signals (Cy) and (G) are matched to
one anot her.

42. Method according to claim 14, characterized in
t hat

- a nmono signal (M is used directly as signal (O,

- fromthe nono signal (M a first
pseudost er eophoni c signal (L, R) is obtained,

- fromthe nono signal (M a second
pseudost er eophoni ¢ signal (LS, RS) is obtained.

43. Method according to claim 14, characterized in
t hat

- fromthe left channel (L M) of a stereo signal
a first pseudostereophonic signal (LS, C;) is obtained,

- fromthe right channel (R = M) of a stereo
signal a second pseudostereophonic signal (C, RS) is
obt ai ned; wherein optionally:

- the obtained signals (C) and (C) are matched to
one anot her.

44. Method according to claim 14, characterized in
that signals for systens for reproducing sound with n

loudspeakers, n 2 2, are created.

45. Method according to claim 14, characterized in
that instead of the respective calculation of the tine
differences (L, or Lg or La or Lg or L,/ or Lg or Lp or
Lg') or of the anplification factors (P, or Pg or P, or
Py or Puwor Py or Py’ or Paor Pg), if necessary
taking into account the inversely proportiona
attenuations (A or p) or the anplification factors
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(/X)) or (1/1) or (A ), a dictionary with correspondi ng
val ues for the delaying or anplifying of the input
signal to be rendered stereophonic is used.

46. Method according to claim45, characterized in
that the dictionary is created in the interval [0, /2]
on the basis of values varied respectively by n/36 from
a fictitious opening angle (a or B) or fromsaid angle
(¢) ascertained or stipulated manually or by netrol ogy.



