- 1 - Device and nethod for optim zing stereophonic or pseudo-stereophonic
audi o signals The invention relates to audi o signals and apparatuses 5 or
nmet hods for the generation, transm ssion, conversion and reproduction
thereof. It is general know edge that _aydj o signals which are emtted via
two or nore |oudspeakers provide the 10 listener wth a spatial inpression,
provided that tDRyigeownd Weimd RWlddtidasindy QurRe@Snild B8 Oor phase

di fferences or are reverbergted Such decorrel ated signals

appropriately. .
can firstly be generat "9y 3BSE?$$%?€ﬂ?+§ %%@??i%ﬁ%ﬂa%%und t ransducer

systens, the signals fromwhich are optionally postprocessed, or can be

generated b t o] as. pseudo- st.ereophoni c_t echni ques,
whi ch produﬁgﬂgﬁgﬁvg%?ﬁgglEg%gEggrgnaﬁ%m%q ot Sb%g s*BP24*MBRG si gnal
20 EP212448@ranmttERIB50639 tescyeherabjomaytoénenaaplien, acoevhodibar

met hodi cal | y gval igihe angl,e of incidence for the sound event that is
to be mapped, said angle of incidence being enclosed by the main axis 25 of

the m crophone and the directional axis for the sound source, this being

achi eved by 1applyi r@rkiraR didderensges cand apiid udegaankeciions whikch are
functionally d %%ndent on the original recordin i tuation (which may be

s
i nt er pol at ed $i ng the B sy¥t el he! CORTRAEKOFS EFRIQYWARB ahdS of
EP18506389 i 4 ils¢realy iwnttloducedatsad teberesdien, EROBRGRM (THonsoNe Br andt

TpUl i ghal 3Y By reane of SFELAEPERS: U ST BrBcused SPTRT exanpl e
by using a REtAedeprepossd by Laverdean tiods eppmerarpitietivde and ti ne
di fference corrections, depending
Such decorrelated signals can firstly be generated by
15 differently positioned sound transducer systems, the
signals from which are optionally postprocessed, or can
be generated by  means of what are known as
pseudo-stereophonic techniques, which produce such
suitable deccrrelation - on the basis of a mono signal.
20
EP2124486 and EP1850639 describe, by way of example, a
method for methodically evaluating .the angle of
incidence for the sound event that is to be mapped,
said angle of incidence being enclosed by the main axis
25 of the microphone and the directional axis for the
sound source, this being achieved by applying time
differences and amplitude corrections which are
functionally dependent on the original recording
situation (which may be interpolated by using the
30 system). The content of EP2124486 and of EP1850639 is

hereby introduced as a reference.

EP0825800 (Thomscon Brandt GmbH) proposes the formation
of different kinds of signals from a mono input signal
35 by means of filtering, which signals are used - for
example by using a method proposed by Lauridsen based
on amplitude and time difference corrections, depending

on the recording situation - to generate virtual



on the recording situation - to generate virtual - 2 -
si ngl e- bandst er eosi gnal sseparatel y,these subsequently being conbined to

formtwo output signals.
Rel ated 5 Transfer

US5173944 (Begault Durand) applies HRTFs (Head
Functions) which correlate with 90, 120, 240 and 270

degrees azimuth, respectively, to the varyingly delayed but "uniformy

anpl i fi ed menagherbentinput sségaal ,

thegealnal s dosamgednyfurn died |y being

it N M L P A AL AT

the recording situation.

ostensibly no

purp OMﬂSth&ﬁ]CO

The earlier patent application CHO1159/09 on

behal { of 1ok 09,53k ei-pebhcant, £1d) od.on O7- 222009 dronnses de

one or nore panoranlc

potentudhetErén@feéq@vmawe@mSﬁeaﬁyuﬁh éﬁrasbatatmgiébc%@duﬁéou02ﬁﬁ2124486
or EP1850639nhaf bep B@gggéglé%lﬂu@ﬁ? &%%%@c@h%%ﬁy%ak%e&H@WJ%% J1iyX,

whi ch the relatlon = % %
been passed ?ﬁ?ﬁ%ﬁh)k“%hlcﬁna ORBLY- #Rlififd ca@engPlPRtensiiiput

pplles

for 20
has

stereophoni§1§hgnalSthéhablgﬁaue 3@o$m¢dfonnsteme@ aﬂymﬂrinnuﬁ1m§ffer

exclusively in terns

|
di £ 1 er ences B?eﬁflfl?%?%ﬂto?rééﬁeﬁggng}ggt PRA0 Sdgnpe T A% F e AR
narr owiiflg ofthé¢heamappicngew didrrercttilve | mtrehdetihghi fCthﬁg ofi ffee aragEpi ng

direction OéoEP@ctions are chosen independently of the recording

15

20

25

30

35

situation.

The earlier patent application CH0115%/09 on behalf of
the patent applicant {filed on 07-22-2009) propcses the

ostensibly not purposeful downstream connection of one

or more panoramic potentiometers or eguivalent means in
an apparatus according to EP2124486 or EP1850639 after
MS matrixing has taken place {(after an MS matrix, for

which the relation

L= (M+ 8) * 1/42
and

R = (M- 8) * 1/3\/2

applies, has been passed through), which do not - as in
the case of intensity stereophonic signals, that is to
say for stereo signals which differ exciusively in
terms of their levels but not in terms of time or phase
differences or different frequency spectra - result in
the intended narrowing of the mapping width or the
intended shifting of the mapping direction of the
obtained stereo signals, but instead rather result in

the degree of correlation being increased or lowered.

In the <case o0of the configuration according to
EP2124486, according to EP1850639 and/or according to

in terns of i.me or_ phase



35 obtai ned stereo signals, but instead rather result in the degree of
correlation being increased or |owered. - 3 - CH01159/09, different
paranmeters may be chosen in the stereoconverterwhi chareusedt ogenerate
pseudo- st er eophoni csi gnal s. Though oftem; plural paraneters or plural sets of
paranmeters may be used to 5 in order to obtain pseudo-stereophonic audio

signal s, thenoheisegoof sUAFPAATELEFSnbBS @NmbYPL SRoLHE Rer caived
spatial sound i mage. The choice of the paraneters which are optinumin a

certain condit€rR or “PHYCALHArti ¢BE&EN aud§ si gt i s Gt tFSRAERSE however .
10 Further peredotbeeadppabnent ofighelpar aneghensh al sofrfsequasitdnalnas an

i npact on t _of _carrel ation between the left channel and the right
channel . Asggggﬁgég%thﬁ %ﬁﬁﬁﬁ(ﬂﬁe 0 %i??r?TeE%Esbggx Sundthat® it 15

woul d ndke sensedey stdpubdiaéna peddidrns degpasheiicorndiat isomyrfars,t he
eval uation ofedidferent Jpar agef erd zaldans.d ohaT AUn f i6@Lccf egpechiyvel y, the
a

sinplifying paranmeter n), a, . 20 It therefore is an afmof the present

i nvention tBepFBvVIEE aSRellmet h6@UBAd AMAER- appafat GSoHEE obstiai rfibey
pseudo- st er gaphRatersi gRaks. alre ichtiurPaid i gUkbakLa@R @iMdlie iRhoy.de a new
met hod 25 aaﬁ a neM/ﬁfgaLatus for auton?ticaII¥ and ogiinall chosi ng such
paranet ers WA cA PBF M tRt2badPelP of LRt gbhelPat i bR Bt 25t P REPHBhi ¢ or

pseudo-1st er eophoni ¢ signals. 30 It is also an aimto provide a method and

P o P ChoPRLEER L anch LOMRLLER Y dSer ARG AR | aiar Y Lhe
par anet ers , Al"por’f (or, respectively, n), a, i1e generating said
st er eophoni Ereaupselidohgseraapphopiet spgndihs 35318x dofretdeod edrd ioai d

appar atus ape:{oLended torbecHsgdet0288! €6k fEAM arRhWeal ity Qfart
decorrelated, in ) i ,

cf the inwvention, however, it has been found that it

15 would make sense to stipulate a uniform degree of

correlation for the evaluation of different

parameterizations for ¢ or £ (or, respectively, the

simplifying parameter n), o, B.

20 It therefore is an aim of the present invention to
provide a new method and a new apparatus for obtaining

pseudo-stereophonic signals.

It is, 1in particular, an aim to provide a new method
25 and a new apparatus for automatically and optimally
chosing such parameters which form the basis for the
generation  of stereophonic or pseudo-stereophonic

signals.

30 It is also an aim to provide a method and an apparatus

for optimally and automatically determining
particularly the parameters (¢, A, p or f (or,
respectively, n), o, B) while generating said

stereophonic or pseudo-stereophonic signals.

35
Said method and said apparatus are intended to be used
to  select, from a plurality of decorrelated, in

particular pseudo-stereophonic, signal wvariants, those



parti cul ar pseudo-stereophonic, signal variants, those -4-. whose
decorrelat ion is found to be particularly beneficial. In particular, the
selection criteria thenselves are 5 intended to be able to be influenced in
an as efficient and conpact a formas_possible in order to be able to
convert signals of different nature (for exanple speech in contrast to

nusi ¢ recor dhbgs) iddc@iha 00t zed repi@duction bher gofrt il AGeQF ding to
one aspect, . an aratus and a nethod for obtaining pseudo-stereophonic

out put si gnd §e§?E}a nd y(t) by using an M5 matrix are therefore proposed,
wherein x(t) is the function value of the resulting 15 | eft output channel

at the tine ,]%nq-y ).l S f I val ue,of .the_resulting right output
channel at % e tlrngéqlﬂﬁi w%?%h %%é?%ﬁﬁ%ﬁlnﬁgﬁFeféait%?%??%%Y?goﬁ?%%ized
until <§t)inyergedi Sowbehrhla prelet éndilnedcedf ini tinomsr aife.ci2@tl f there
are dropout sndr cshBhbar Jdefdicd sas hOWeYED c! her & R BS, agel Aghani cant

quantity of single points outside of the definition range. I'n this case,
the obtai nneRVFEti ePBRiTePy OpEtfRreRE OatLrea (f6rt eERMBLe25PeREl) , y(t)>
is within the predetesdm ped Medidi i@ riaARGR) Sipes s RRthAnRMsual ly
differs froP%thgdmhole 0 I% i{gignificantly on account of dropouts or
similar defett’sS ??ﬁ%o%pgaiﬁ? *nmust al so be covered as equival ent by the
scope A0 protection of the patent 30 clains. The desired definition range

is preferably-std af £d.,hy gsﬁ%% Lea%P ;%ﬁ%ﬁn%@&ﬁ??tgr thg@e%%r
preferably Oal. This paraneter and hence e definition range can be
usefully St??ﬁﬁ%ﬂ%ﬁgb?sﬁﬁéorﬁééﬁﬁppﬁpééqI%ﬁﬁﬁwﬁt?ﬁﬁméﬂﬁ]ﬂiﬁw * apds
argfe[x(t)]y(t) by using an MS matrix are therefore proposed,
wherein x(t) is the function wvalue of the resulting
15 left output channel at the time t, and y{(t) is the
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 range.
20
If there are dropouts or similar defects, however,
there may be an insignificant quantity of single points
outside of the definition range. In this case, the
obtainment is iteratively optimized until a portion of
25 <x(t), y(t)>» 1is within the predetermined definition
range. Since this portion usually differs from the
whole only' insignificantly on account of dropouts or
similar defects, this apparatus must also be covered as
equivalent by the scope of protection of the patent

30 claims.

The desired definition range is preferably stipulated
by a single numerical parameter a, where preferably
0 £ as< 1. This parameter and hence the definition

35 range can be usefully stipulated by the inequalities

IRe{f[x(t)] + JIy(t)}l £ Ja * cos arg{f[x(t)] +
g' [y (£) 1} |



JPI - 5 - and IInfflx(t)] + g*[y(t)1}1' sin argfe[x(t)] + giy(t)]}1,
exanple, with the relations e[x(t)] =[x(t)/q 2] * (-1 + i) and 10

)] = [y(t)/q 2] * (1 + i) applying for the conplex transfer functions
t)] and g*[y(t)] of the output signal x(t), y(t). A person skilled in
the art would, by way of exanple, also advantageously stipulate such a
paranet er aa@H, respectively, such a definition range by neans of the
inequality Re2felx (t] + g*[y (t)11 * 1/a2 + Im{fix (t)] + g*[y (t)Il :5_
1, where e[x(t)] and g*[y(t)] are again the above conplex transfer
functions of Ithé [auttpdt +s¢ dpat) k(it)s win) ,amnd 250 5] +aL’[ys(d)rue, | n both
cases, the user can arbitrarily stipulate such a definition range, on the
basis of the unit circle of the conplex nunber plane or of the inaginary
axis (ifd30fphechamphem Wévk| tbheé racabiuepat signal x(t), y(t) has been
normal i zed on the unit circle), by using the paraneter a, 0 a 1.

1 =—hre

Elx(t)] = [x(e)/N 2] * (-1 + i)
and

10
g Iy(£)] = [yt)/N 2] * (1 + 1)
applying for the complex transfer functions £ [x(t)]
and g [y(t)] of the output signal x(t}, v(t).

15
A person skilled in the art would, by way of example,
also advantageously stipulate such a parameter a or,
respectively, such a definition range by means of the
inegquality

20

Re“{f[x(t] + g'[y(t)]} * 1/a® + I [x(t)] + g [y(t)]} < 1,

- where £ [{x(t)] and g*[y(t)] are again the above complex
transfer functions of the output signal x(t), y(t}, and
25 0 £ a £ 1 is true.

In both cases, the user can arbitrarily stipulate such
a definition range, on the basis of the unit circle of
the complex number plane or of the imaginary axis (if
30 the maximum level 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, explained by using two examples, also
35 remains valid when a reference system other than the
unit circle of the complex number plane is chosen and a
different new definition range is defined. “Definition
range” 1s therefore understood generally to mean an

admissible range of values for «<x(t), vy(t)> of the



This principle, explained by using two exanples, also 35 remains valid when
a reference systemother than the unit circle of the conpl ex nunber plane
is chosen and a different new definition range is defined. "Definition
range" is therefore understood generallgy.to nean an adm ssi bl e range of

val ues for <x(t), y(t)) of the - 6 - output signal x(t), y(t), which,

overal |, isoufpended driaicontaj p sxtb),, wHidr, i BvEukhi10r iign pardnddor
exanple in rdi ngs which show what. are known

he case.of def gcti ve soundd{ﬁﬁ(‘lo
as dr opouts}.o ECTFALBnE *dfér errlEd vam 4l e dedidd off Tors @™ li%n of the
out put si gnahs bt yaaad of t ¢ fest hoe nalouned. r4co odengs efvaiead syt ant, the
| evel of th%hHEXEQE”kHBthSSrg?g%&h?%;'eft channel and of the resulting
. fn

right 10 channel "i's normal I ze $ way, certain paraneters can be
iterati Vel y optimzed in order to attain the desired definition range,

W t hout Sa!@npéh@”%&%&%ﬂﬂgaFVH?EJH&}h@hgegéSEegfo?o%%%E%E%QQOQrc&he | eve
of the maxi pum of the resulting Ieft channel "and of the ‘resulting right
channel . |1t 3fs@UrREs SBHR_IFT (X (for ¥xdremtly digfBpEmelpapdnetér i zati ons

for(p) or 12 o0, pﬁ:éfggﬁéﬂvgla%bia&k,,_ et,hle -1&Fd it E'dsf atl#@i ﬁ@x@ﬁtﬁmd%@eﬁ(ﬂl@"t on
I<x(t), y(t)>1 e S r stipulation._ For this rpose, t, I nventi on
t heref ore i%f\e/%'fgé%n% cg?]re%sp%ﬁ?ﬁrh raige ot vaihtfes Wﬁp@ﬁpﬁn@ dégéfident on
1<x(t) 10Y(t¥ybdnnglichsr angemadfi zeal.ues: behhy waypakiezedinspaasrcache a
criterion for, t opt L pi ' he angt e 5.1n one enbodi ment, a
met hod for ob?a?%i ng£%gbeéggég egjgogplﬁrgln%a:& oggpucgé%?%nglos %%l%ng%f?(t) by
usi ng a con@%¥%%@di$d?ﬁéﬁéﬁépé prepesed, withowher 8Rhdx( Paregethkest unction
val ue of thenresehéimg 8fel efdgraut Ryt ehapBehtabnt RE HHR level of

the maximum of the resulting left channel and of the
15 resulting right channel.

It also makes sense if - for extremely different
parameterizations for ¢ or f (or, respectively, n), o,
B - criteria which are dependent on |<x(t), y(t)>| are

20 used for stipulation. For this purpose, the invention
therefore involves a corresponding range of values
which 1s dependent on |<x(t), y(t)»>i, such range of
values being normalized, so as to be a criterion for
the optimization of the parameters.

25
In one embodiment, a method for obtaining pseudo-
stereophonic output signals x(t) and y(t) by using a
converter is therefore proposed,
wherein x(t) 1is the function value of the resulting

30 left output channel at the time t,
wherein y(t) 1is the function value of the resulting
right output channel at the time ¢,
wherein the complex transfer functions f [x(t)] and
g [y(t}] of the output signals are defined:

35

*

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

gly(t)] = [y(ty/N 27 * (1 + i)



wherein y(t) is the function value of the resulting right output channel at
the time t, wherein the conplex transfer functions e[x(t)] and g* [y(t)] of
the output signals are defined: 35 f*[x(t)] [x(t)/4 2] (-1 + i) g*[y(t)] =
[Y(t)/11 2](1 +i) - 7 - in which the-pbtainnent is |terat|vely optim zed
until the following criteria are satisfied: IRefe[x(t)] + g*[y(t)] 11l acos
argffIx(t)] ih S5l todd bowhengeRalist iipWrattas e asinietdaiitition

range, and |1 X(t + gly(t)111' sin arglfix(t + gly(t)111. In
ano?her enb%%@ngﬁﬁﬁoglégr§5at§ ﬁ%|€&elﬁaFﬁé% e &ot}d agvggt;geously
repl ace these criteria with the criterion 15 Re2{nx (t] + g*[y (t)]} * 1/a2

obt ai i ng pis pl8 Ai @i S dophont RGNS Socbei ng raEpbisahas B *

Y11,

where 0 = a £ 1 stipulates the desired definition

range, and
10 IIm{f[x(t)] + g Iy(t)]}1 <€ |sin arg{f[x(t)] + g [y(t)]11.

In another embodiment, a person skilled in the art
would advantageously replace these criteria with the

criterion
15

IA
=

Re?{f [x(t] + ¢ [y ()]} * 1/a% + Im*{f'[x(t)] + g [v(t) ]}

A remarkable aspect of the methods for obtaining
pseudo-stereophonic signais according to EP2124486 or
20 according to EP1850639 is the fact that they always
provide a perfect middle signal. For this reason, the

short-time cross correlation

25 (1) r o= (1/2T) * | x(t)y(t) dt
-T
* (L/2(t) erey (L) egs)

is introduced here for the time interval [-T, T} and
30 the output signals x(t) from the left channel and y{t)
from the right channel.

As already menticned, it makes sense if a uniform
degree o¢f correlation 1is attained for extremely
35 different parameterizations for o or f {or,
respectively, n), o, B. For this purpose, the invention
therefore involves the degree of correlation between
the output signals (x(ft) and y(t)) being nocrmalized.

This normalization can preferably be stipulated by



20 according to EP1850639 is the fact that they always provide a perfect
m ddl e signal. For this reason, the short-tinme cross correlation 25(1)r =
(2/2T7) * f x(t)y(t) dt -T (1L/x(t)effY(t)eff) is introduced here for the
time interval [-T, '"I'] and 30 the output signals x(t) fromthe |eft
channel and y(t) fromthe right channel. As already nentioned, it makes

sense if a wakher @S‘fdQ%ree%p%fcﬁQrd latilan drs &t hal nede Odti?éﬂda%ﬁ?éﬁ/) 35

di fferent paraneteri atlons for or f (or, respectively, n), a, p. For
this purpos8F PhéItAPENEF BﬁnPﬁEFBPere i nvol ves the degree of correlation
bet ween the output signals (x(t) and y(t)) belng nornallzed Thi s

normal i zat i refer bly be stl ulat nean t he eC|f|c
vari ation o@ﬂ %?% E{ gﬁéa |on Orm(r| %eaPtenﬁ r§;% l%ﬂ1 * basi s of
t he uni for nedegeée actfcaa@eﬂelcmri ornowme Syertgmaltlataﬂ&ynedlbgmtmmﬂxe

systemati ca&bxlﬁaéheﬁt e@'ﬂ@efyg' Uati an G %kea Wﬁk?ﬁe eedb%%unfé%enced by

the user. It also nmakes sense if a uniformlevel for t e maxitum 10 of the
resulting | BEEfehannel and of the resulting right channel is being attained
for extrenmely different paraneterizations for T or f (or, respectively, n),

a, p. For t?hs Eurpos the i nvention th refore |Ev%lves the | evel of the
maxi mum of ESul"t IS5 % ﬁé|u&% SR LFVEBhe TREs S AREYM  channel
bei ng nar mabf zedhe asreaurlezsumlgt bEfohicliatte s lemel offs tiod maa‘éulemneﬂ by the

optim zatio t el y f e I ke ns or,
initially, ?ﬁgﬁE Qﬁaﬁﬁ%ggﬁ%n %&Pgt Wﬁ%&%i%uﬁ?%pe%ﬁféhﬁgi sbas n§1 ?nénd of
the right spgharerRerbzdelionsfdpm w GUhffné@rtorﬁsﬁsctﬁeelExampheCLby means

of a first pogirgrel@®Nt purpose, the invention therefore involves
the level of the maximum of the resulting left channel

15 and of the resulting right channel being normalized, as

a result of which this level is not influenced by the

optimization of the parameters.

By way of example, it makes sense for, initially, the
20 modulation for the maximum of the left signal L and of
the right signal R to be uniformly confined to 0 dB,

for example, by means of a first logic element.

It also makes sense 1f - for extremely different
25 parameterizations for ¢ or f {or, respectively, n), «,
B - criteria which are dependent on «x(t), vy(t}> or on
l[¢<x(t), vy(t)>»] are used for stipulation. For this
purpose, the invention therefore involves a respective
corresponding range of wvalues which is normalized, so
30 as to be a criterion for the coptimization of the

parameters.

x(t) and y{t) are mapped within the unit circle of the
complex number plane. The function £ [x{t)] + g [y(t)]
35 can now be analyzed in more detail in order to draw
conclusions concerning the quality of the respective
output signal from an apparatus according to EP2124486
or EP1850639, for example. Any decorrelation between
the two signals f [x(t)] and g [y(t)] is in this case



It al so nmakes sense if - for extrenely different 25 paraneterizations for T
or f (or, respectively, n), a, 13 - criteria which are dependent on <x(t),
y(t)> or on 1<x(t), Y(t) >l are used for stipulation. For this purpose, the
invention therefore involves a respectigve correspondi ng range of val ues

which is normalized, so 30 as to be a criterion for the optim zation of the

parameters. eegﬁtafata@ﬂty(t& aée a@pp@@lt%ﬁhl@nth@qélnlfeﬂrceb@l@f W conpl ex
nunber pl ane. Ihe functio £ %t &% g(t) 35 c n now be anal yzed in
more det ai | *RALEFIRY FBSdFARFESRR sP& ohd ﬂﬁ the qual ity of the

respective output signal froman apparatus according to EP2124486 or
EP1850639, rr.el at et ween.the_t nal.s e[ x(t)]
and g* [y(t)?glés%;%%%ﬁl sccé\%)s(eegggg % Zt%%{/%f Tl Pgtlmaeﬁﬁ(e) |Cg)n Clolrpgt he real
axi s when aﬁ@lyzengltﬁ@'MnmﬁﬂnyafﬁQR(t$¢{ﬁ g (bt ) .a” [yTie Istlereewd
converter ig,thesgfer ¢Gqnrgi ng 3t hejcited criteria for

|Ref f*[x(t)] + £ [g(t ]focf andZ%eM|qnfe[ (t‘c’)]%xta %[%(t)]ll for exanpl e.
This method is found to be particularly beneficial, since a single

paranmeter, TEBl YnebhddBkes opbumamtk) a@cwttgtulaﬂparuér@ﬂlahalt he
different nature of the output signals from an appar at or a mnet hod

accordi ng tOIERR172486 W EPIEE -S¥he THHMamEt &t n&f' f A he
dependét omctdnent ype, otntmar&udmda&ugnaka fipf fexampl patnrer der e process
speech or qy§: i I uto basij s he case
of speech, un ?ﬁp o ﬁ%m%eﬁgﬁg'%%'%l |n|?|%n%?%%ég é%%%ﬁ%#$ d by a

preferably'h@e@%2l%4ﬁ%6r@§tEPéBé 6§9gn?hﬁc@ﬁﬁﬁ@e@@é e vdipstedelsiatd var t i f act s
such as hi ghis f regienEhts| dat opge dWy g e ahkl C8hdib0signal, for

example in order to process speech or music differently
15 on a manual or automatic basis. In the case of speech,
unlike music recordings, the definition range
determined by a preferably needs to be restricted
significantly due to disturbing artifacts such as

high-frequency sidetone during the articulation.

20
In addition, given limitation to a single parameter a,
any optimum  mapping range can be chosen for
fiIx(£)] + g [y(t)] based on the unit circle or the
imaginary axis.

25
If the signals x(t), y(t) do not satisfy the
aforementioned constraints, the invention involves
optimization being carried out by redetermining the
parameters ¢ or f (or, respectively, n) or o or p -

30 according to an iterative procedure that is matched

with the function values x[t(e¢, £, «, B)] and y(t(p, £,
o, P}] or, respectively, x[t{e, n, «, P)] and v[t{p, n,
o, B)] - whilst executing steps presented hitherto
until x(t} and v {t) meet the aforementioned

35 constraints.

In a further step, by way of example, the relief of the
function f*[x(t)] + g*[y(t)] is now analyzed for the

purpose of maximizing the function wvalues thereof. It



In addition, given limtation to a single paraneter a, any optinmm nmappi ng
range can be chosen for f*[x(t)] + g*[y(t)] based on the unit circle or the
imginary axis. If the signals x(t),y(t)do not satisfy the aforenentioned
constraints, the invention involves opipmo zation being carried out by
redetermning the paraneters 9 or f (or, respectively, n) or a O 30
accordi ng t @sambdslsalald o PeaeRdwHR tt hatid sprBtefgdeWitsh ddiei Famadtd on

val ues x[t(g, a, P%L.ang.and ¥(t(9, f, a, p)] or, respectively, x[t(9,

n, a, P)] ahd VPB(E3*AMLZ3CI0RnPFst executing steps presented hitherto
until x(t)andy(t)neettheaforenentioned 35 constraints. In a further step, by
way of exanple, the relief of the function f*[x(t)] + g*[y(t)] is now

anal yzed for the purpose of maxim zing the function values thereof. It
-10-" i $ pos§i bl & ltfolzHo ﬁh@tbtﬁlélpdbeedure is equivalent to the
maxi m zation of 5(6)5 If*[x(t)] + g*[y(t)]l dt; T this expression, for it
part, remains téss than or equal to the val ue of (7)5 la * cos argfe[x(t)]
+ g*[y(t)]} T+ i * sinargfe[x(t)] + giy(t)1l1ll dt

this expression, for 1its part, remains less than cor

S

equal to the value of

10
T
(7) [ la * cos arg{f’[x(t)] + ¢'[y(t)]}
-7
+ i * sin arg{f[x(t)] + ¢’ [y(t)]}] dt
15
By way of example, a person skilled in the art would
also advantageously replace (7} with
T
20 (7a) J oa * {1 / ~N[1 - (1 - a*) * sin? arg {£ [x{t)]
-T

+ g iy(£)1}1} dt.

25 In this case too, the user is provided with a tool in
so far as he has a free choice of the limit wvalue R"
(or the deviation A defined by the inequality (8), see
below) for this maximization within the context of (8).
Overall, the following constraint must be met for the

30 total number of possible signal variants x;{(t), y;(t):

T
8) 0< R - A<[If[xt)] + gIyv(t)]l dt

35 ' T



By way of exanple, a person skilled in the art would al so advant ageously
replace (7) with 20(7a) 5 a * {1 /- (1 - a2)sin2 arg fe[x(t)] T +
g*[y(t)]}]1 dt. 25 In this case too, the user is provided with a tool in so
far as he has a free choice of the lim{_value R* (or the deviation A
defined by the inequality (8), see below) for this maxim zation within the

context of (8). Overall, the follomjng constraint nust be net for the 30
total nunber of po |bIe variants xj(t), yi(t): (8)O0R* - Ale[x(t)] +
gli(t)1l dt -T 35 %s?)*f' )] fE*[xj(t)], o*f 3( )]) ECP-T J la* cos
argle[x(t)] + gly(t)]} - i * sin arg{e[x(t)] + g*[y(t)]}1 dt. 10 A person

skilled in the art mould in turn advantageously replace (8) with 15(8a) O-
Al e[x(t)] + (fly Kt)4diAdt

5
T
<[ la * cos arg{f[x(t)] + g'[y(t)]}
-T
+ 1 * sin arg{fx(t)] + g'[y({t)]}| dt.
10
A person skilled in the art would in turn
advantageously replace (8) with
T
15 (8a) 0< R - A< [ £=xt)] + g [y(t)}l dt
-T
T
< max J £ ()]
(£ 0x35(0)1, g ly;(t)]) € @ -7
20
+ g'[ys ()]l dt
<R + A
25 T
< Ja* {1/ AN[1- (1 -2a% * sin? arg {f [x{t)]
-T .
+ g [y(t)1}]} dt
30

R" and A are directly related to the loudness of the
output signal that 1s to be attained (that is to say to
those parameters which the Iistener also takes as a



-T maxl f*BEx (t)] {f* [xi (t) , g*[yj(t)]} e (1)-T 20 g*[y; (t ) ] I dt
+ A25f a* {1/- (1 - a2)sin2 arg fe[x(t)] -T g*[Y(t)]1]} dt 30 R* and A
are directly related to the | oudness of the output signal that is to be
attained (that is to say to those paragmeters which the |istener also takes
as a -12- basis for assessing the validity of a stereophonic map). If the

nei ghbor hood, @i st heod | dsawdlufy RthedelhNediby of a stereophonic

map) .

If the neighborhood of the limit value R’, defined by

5 A, or the maximum of all possible integrated reliefs 1is
not reached, optimizaticon, with a view to the limit
value R° and the deviation A or to the aforementioned
maximum — in accordance with an iterative procedure
that is matched with the function wvalues x=[t(e, £, o,

10 )] and ylt(e, £, «, B)] or, respectively, x[t{e, n, a,
B}]1 and vy[t(e, n, a, B)] -, 1lnvolves new parameters o

or f or a or B being determined, and whilst executing

all steps illustrated hitherto until signals x(t), y(t)

or parameters ¢ or A or p or f (or, respectively, n) or

15 « or € result, which correspond to optimum

stereophonization.

With an appropriate choice of degree of correlation r,
of parameter a — stipulating the desired respective
20 definition range - and of limit wvalue R" and also
deviation A thereof, it 1is possible to configure
optimum systems for the respective area of application
(for example speech or music reproducticn) for the
respective nature of the input signals.
25
The present considerations remain wvalid as an entity
even if a different reference system than the unit
circle of the imaginary plane is chosen. By way of
example, instead of normalizing function values, it is
30 also possible to normalize the axis length in order to

reduce the computing time accordingly.

According to one aspect, it is recommended practice to
use (inherently known) compression algoerithms or data
35 reduction methods or to analyze characteristic features
such as the minima or maxima for the
pseudo-stereophonic signals obtained according to
EP2124486 or EP1850639, this being the case in order to



5 ink, or the maxi numof all possible integrated reliefs is not reached,
optim zation, with a viewto the limt value R* and the deviation A or to
the af orenenti oned nmaxi mum - in accordance with an iterative procedure that
is mtched wwth the function values x[{49, f, a, lop)] and y[t(9, f, a, p)]
or, respectively, x[t(9, n, a p)] and y[t(9, n, a,-, involves new

paraneters §p8edf @p ar@e pehainngtdeher Fhaedorandcirishgexeeut idhe al |
steps illustrated hitherto until signals x(t), y(t) or paranmeters 9 or A or

p or f (or, FEEPELtPvely, n) or 15 a Orresult, which correspond to optinum
st ereophoni zation. Wth an appropriate choice of degree of correlationr,

of paraneter_a, -_stipulati t he Sj espeget i defini tion,range -
ond ot T in8ssad BRUERY MHANGAENL %lsfsh(gfeé)%/%(lg?’ig(lﬁ 27 bl to

confi gurfe opsi mumpspsiseidliortd hese espadti ve vditea |6f Lapplordariiadnef or
exanple_spefgg Or o FLSE Gk &PL OJULLh On) Fr t he,raspRctiye nay e qfs the

i nput signals. 25 The present considerations remain valid as an entity even
if a differehinibierehey 553¢eritdandtFeSUhtt circle of the immginary plane
is chosen. By way of exanple, instead of normalizing function values, it is

30 also possible to normalize the axis |ength in grder to.reduce_the
conputi ng tflﬁ‘:é act’oF e ity %brdiwltdoelg%eﬂa}épe €| #BPd e omténded
practi d® t capserdtnhes entty kadvhmn)iscorpiedsi genalrgaei t Bie reopiana c35

reducti on ng}&g%fsorw%gc%nalggg C@%&%%%%EE tic,features suych as the mnim
O maxi ma for-the pseudo-stereophonic signals obt ai'ne according to
EP2124486 oloEPIBSD639s t Hiforbei eigamhke casaringupdderseend  systems

belonging to the prior art).

15 According to one aspect, the invention inveolves the
cascaded downstream connection of a plurality of means
(for example logic elements), some of the parameters of
which can be aligned, with an MS matrix (for example
according to EP2124486 or EP1850639), wherein feedback

20 for salid apparatuses or methods involves the parameters
‘@ or A or p or £ (or, respectively, n) or a or B being
changed in an optimized way until all constraints of

the lcgic elements are met.
25 These means (logic elements) can incidentally be
arranged differently, and can even - with

restrictions - be omitted completely or in part.

Brief Description of the Figures

30
Various embodiments of the present invention and sample
applicaticns are described by way of  example below,

with reference being made to the following drawings:

35 FIGURE 1 shows an example of a circuit for two logic
elements for neormalizing the level and for normalizing
the degree of correlation of the output signals from an
MS matrix (for example an MS matrix according to
EP2124486 or EP1850639), whereas the input signal M and



-13- speed up the evaluation thereof according to the invention. Instead of
t he proposed anal ysis of kx(t), y(t)>1, it 5is also possible to use kx(t),
y(t)>12 for optim zing the stereophoni zation. The conputating time is
significantly reduced as a result. Thehgventioncanincidentally beapplied to
10 apparatuses or nethods which generate stereophonic signals which are
reproduced by Jdmy e(ddrird Woo & ouds peakensh ( har aAMHie rSufgaundsound

systens bel oggl n to the prior, art). 15 According to one aspect,, the
i nvention ifh s MPird 14 s CRdd @ Gdvinys e it drth et t F rF b E aﬁ'%r?ﬁ%lﬂiqy of
neans (for ewamiIesUREgi C7 el ewendis) , isomepafiohlbe 1gar armeicer scainadiaxh can be
al i gned, vmth %Et&’sa”&% {lor arrpl e according to EP2124486 or
EP1850639), WhErsi it e 8bai‘:L 58 r' sai d appar atuses or nethods invol ves
t he paraﬁTeters por Aor por f (or, respectively, n) or a or p being

changed in gRcORE Bi %ﬂ@w‘é’a\énu%tx'alm ¢ OIS, Qfn e n{ag%anglgdde%ﬂents are

nmet. 25 These neans (| ogic el enen can 1 nci nta y be a

di fferentlySlaﬁélléanX é’@/)ern Y Whidtrh Pﬁst?%‘%ﬂg oﬁéle- peaBAfered WoHpl®iely or in
part. BriefrDpset) pthan of [(fhe)ki guestBO Vamious ek reptsnef drhe
present invention and sanpl e applications are described by of xanple
Del ow wi { NSPEFErantE Dol madddGettie 1 obf ow Rhcdr antfoe: 6

shows drd exanjpk e )of -B.g:l[tydt!tl ].for two logic el enents for norrraI|2| ng the
| evel and for normalizing the degree of correlation of the output signals
froman M5 matrix (for exanple an M5 matrix according to EP2124486 or
EP1850639) , FiiERBas3t heheowputa si Ghest M emaiipld 4-08 gan qibafwirte fagsi ng
through an agpLifigs wpstr&amio fhe Mo,get raw)ugpﬁgore%' pHanad Lo a
circuit according to FIGURE 7, which is optionally al so connected
downstream o figure 6b. 5

15
FIGURE 3a shows a second example - which is
advantagecus to a person skilled in the art - of a
circuit for selecting a fresh definition range by using
the parameter a.

20

FIGURE 4 shows a first example of a circuit for a third
logic element which <c¢hecks the signals, which are
generated 1in FIGURE 1 and which are mapped on the
complex number plane as shown in FIGURE 2, for the

25 admissible definition range, defined by the parameter

a, according to the constraints

IRe{f [x(t)] + g [y(t)]}] < |a *

cos arg{f [x(t)] + g'[y(t) ]} and

| Im{£7[x(t)] + g'[y(t)1}] £ Jsin arg{f [x(t)] + g [y(t)]
30 I

FIGURE da shows a second example - which is

advantageous to a person skilled in the art - of a

circuit for a third logic element which checks the
35 signals, which are generated in FIGURE 1 and which are
mapped on the complex number plane as shown in FIGURE
2, for the admissible definition range, freshly defined
by the parameter a as shown in FIGURE 3&, according to

the constraint



FI GURE 2 shows an exanple of a circuit which naps gi ven signals x(t),
by using the transfer functions e[x(t)] and g*[y(t)],

y(t),

on the conplex nunber

pl ane or ascertains the argunment of the sumthereof 10f*[x(t)] + g*[y(t)].
FIGQURE 3 shows a first exanple of a cifguit for selecting the definition
range by using the paranmeter a. 15 FlI GURE3ashowsasecondexanpl e - whichis

advant ageouget Or'g 4@Ng0n skiplledi

nxtpeaard rm’qfe” @x@t[pu+tgfpyu§qlectlng a

fresh definition range by "using t e paraneter a. 20 FIGURE 4 shows a first
& Titcuit for a third | ogi c el enent which checks the signals,
whi ch are generated in FIGURE 1 and which are mapped on the conpl ex nunber

exanpl e of

by the. par ameeAREa et bPf ngtol FCURGEr Brnix FREPPFL(TY] 3 GHcts 1

cos argﬂb[x@o¢10+e@é@y@t)p&nwwmiﬂﬂnﬁkﬂyqagquz%ﬁ[ym@)r@llefnof the
ar gfe[x(t)lsuMéM 30 e (1 CFJRE%E‘%E}Q‘&@?SECP&PEX%‘? PG s

of
advant ageous to a person CIrCUIt for a thlrd
| ogi ¢ el enem@xmmhnehe%fp@ tﬁvélcse@ gﬁalleesmrlaﬁre% gEeHSREREY iHSFI GURE 1

and whi ch aﬁgeﬁaaagdaorﬁrbaec%@mle%fnqrﬂaﬂrt plARR: 3 slh@wheldn byl @BE 2, for

t he adm ssi bl e de 1n|t| n rang

shown in FI EUREY3L T4 dbY dlﬁﬁtht$ﬁf%ﬁ) 1t arh

10

15

20

25

30

35

ise efln d by

the inequallty (8)) for this max1mlzatlon.

FIGURE 5a shows a second example — which is
advantagecus for a person skilled in the art - of a
circuit for a fourth logic element which finally
znalyzes the relief of the function i Ix(t)] + g*[y(t)]
for the purpose of maximizing the function values
thereof, whereas the user has a free choice of limit
value R" defined by the inequality (8a) (or of
deviation A, likewise defined by the inequality (8a))

for this maximization.

FIGURE 6a shows an input circuit for an already
existing stereo signal prior to transfer to a circuit
as shown in FIGURE 6b for determining the localization

of the signal.

FIGURE 6b shows a circuit for determining the
localization of the signal, the inputs of which circuit
are connected to the outputs in FIGURE 5 or,
respectively, FIGURE 5a or, respectively, to the
outputs in FIGURE 6a.

FIGURE 7 shows a further example of a circuit for
normalizing sterecphonic or pseudo-stereophonic signals
which, when connected downstream to FIGURE 6b, is
activated as soon as the parameter 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

defi ned
11l a *

eshly. defi ne? ngthe aranet.er a as



-15- Re2fe[x(t)] + g*[y(t)]1 * /a2 + Infe[x(t)] + g*[y(t)] 1. FIGURE 5
shows an exanple of a circuit for a fourth 5 logic elenment which finally

anal yzes the relief of the function e[x(t)] + g*[y(t)] for the purpose of
maxi m zi ng the function values thereofjswhereas the user has a free choice
of limt value R* defined by the inequality (8) (or of deviation 4,

| i kew se dephhad fycdOrthe ipecqeradddy (8) ynkRr (HY S JERXHELZRLI ON.; o ,

FI GURE5ashowsasecondexanpl e - whi chi s advant ageous for a person skilled in
the art - ofT3REFRELFE for a fourth logic el ement which finally 15 anal yzes
the relief of the function e[x(t)] + g*[y(t)] for the purpose of maxim zing

the functio es thereof, whereas the user has a.free choice of limt

val ue R* de?gﬁggﬂbé Fﬁgwlsngauglxwﬁf% (aorCld:rcudzviW&ﬁC TEPS YKl e

def i ned Sy shenbheq&étﬁtyy«Ba)pnz@hbomompﬂsxnamhmhzaptheIﬁxawaimgispoms
an input ci i I XEst St Sl l, prior to transfer to
a cirguit agﬁgh%aéﬁ%ﬁégléiéégg%ngoF %%Ggﬁnfﬁ%ﬁgqﬁkg@?ééalization 25 of the
signal. FIGURE 6b shows a circuit for determining the |ocalization of the
signal, theri@prts 9ofsmhi£hasi rSlindp1af eogornected 10 £he QUHRIS dgh FI GURE
5 or, 30 resgectlvelg, Fl%@?E.ga or, respectively, to the outputs’in FI GURE
6a. Fl GURE 7'SHBIEPH Y uf't Rk afpl 219t aSt9P2bit for normalizing

st er eofdlfoni ¢ or pseudo- st ereophoni ¢ signals
Detailed Description

For a stereo converter, for example in an apparatus
according to EP2124486 or EP1850639 - for the case of
15 identical inversely proportional attenuations A and p -
optimized parameters ¢, A, f (or, respectively, the
simplifying parameter n), o, B are to be determined in
order to convert a mono signal into corresponding
pseudo-stereophonic signals which have cptimum
20 decorrelation and lcoudness (the two criteria according
to which the listener assesses the guality of a stereo
signal). Such determination is intended tc¢ be achieved

with as few technical means as possible.

25 FIGURE 1 shows the circuit principle for the first two
logic elements, as described, for ncermalizing the level
and for normalizing the degree of correlation of the
output signals from a stereo converter with an MS
matrix 110 (for example a stereo converter according to

30 EP2124486 or EP1850639%9), whereas the input signal M and
S can (prior to passing through an amplifier connected
upstream to the MS matrix) optionally be fed to a
circuilt as shown in FIGURE 7, which is optionally and
ideally connected downstream to FIGURE 6b, and 1is

35 activated as soon as the parameter =z resulting from

FIGURE 6b has been determined (see below).

The first logic element 120 for normalizing the level

is in this case coupled to two identical amplifiers



35 whi ch, when connected downstreamto FI GURE 6b, is activated as soon as
the paraneter z is present as an input signal. In this case, the initial

val ue of the gain factor A corresponds to the final value of the -16- gain
factor Ain FIGURE 1 when the paranetef;z is transferred. FI GURE 8 shows
an exanple of a circuit which maps given 5 signals x(t), y(t) on the

conpl ex nunﬂsel%a%@yga%ngfé@@oywsfgﬁdf %d&ys B* [ddddadnsh 9% [y ()]
FI GURE 9 shows an exanpl’e of a circuit_for ggstg&g t he napplng wi dt h of
st 0 LGRS

an audi o si §RaFINGO0 tbst Mg uPesth i Ht #Bn ?Sr aFdr
exanpl e i n apeappaghat Ueafgeordi.ng to EP2124486 or EP1850639 - for t he case
of 15 identical inversely proportional attenuations A and p - optimzed
paranmeters 9, A f (or, respectively, the sinplifying parameter n), a, p
are to e deher miiged lisn Iorated Roresnieihgafmono thiegralrarmemerdr relspondi ng

pseudo- st er gpBhonL c.r5) Anals, Wil o have opkiaum A0 decorbsh atien

| oudness ('t WO cr eria accor |'i stener assesses the
qual ity of EPé8é9é69$|gﬁa$)aH@d@ﬁi@ékeﬁﬁﬂﬁQFméM iy | AhendédcterbeP achi eved

with as few éﬁghmﬁél_fsmﬂes ag109ssibt®e. 22 tF GMRE b Shews bhe wddicui t
principle for the first twp |logic elenents, as describe for, normali zing

the | evel aRdIFPBESnEATRId zERGEEhE Tderjraet bof gogﬁelQPF@ﬁq&?aFHQnodeut

signal ssf ropha shereq: caimeer s er twet rtofmpm natiber 1p0ahépr e?marsplles a stereo
converter acc rdlng to 30 EP2124486 or 85063@% %g%re %ﬂ'éﬁn si gha
M and S can® ﬁ%?g? to passitiy t hPduglt §hg)§%llf| r connec d-upstTeam to
the M5 matrcxhneptional by be fedgio actémentt b%OshdmmChr1dEQ§}&§We whi ch

s optional Fyeandckgdeady soangghed, gewgsiheamto & GBE B iapd 46 35

activated as soon as the paraneter z resultin rom FI GURE 6b _has been
det er ni ned tBee ddlpwfactor p* of the amplifiers 118 and 119 to

15 cause a modulation of the maximum wvalue of I and R 1o

reach 0 dB.

The resulting stereo signals x(t) (123) and y(t) (124),
the amplitudes of which are directly proportional to L
20 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

T
25 (1) r = (1/2T) * [ x(t)y(t) dt * (1/x(t)erey (t)ers) -
-T

r can be stipulated by the user in the interval
-1 £r < 1 and ideally ranges 1in the interval

30
Any deviation from r results in optimized adjustment of
the gain factor A of the amplifier 117 for the S signal
via the feedback 12Z6.

35 The resulting signais L and R again pass through the
amplifiers 118 and 1192 and also the logic element 120,
which in turn causes a fresh modulation of the maximum

value of L and R to reach 0 dB again via the feedbacks



-17- having the gain factor p* and ensures a nodul ati on, show ng the
maxi mum of O dB, of the |eft channel L and the right channel R 5 The
signals L and Rresulting fromthe arrangenent 110 (for exanple an M5
matri x according to EP2124486 or EP1850639) are anplified uniformy by the
factor p* (anplifiers 118, 119) such that the maxi num of both signals has a
| evel of exﬁfi'é{ §_dBa(nanmmbhzal k980 510 :kNe rahl techl i) € iy compl ex
nunber pl ane). Tﬁls IS achi eved, by way of exanple, by the downstream
connect i on ®te®eNbgl €oef@AtRAt 120 whi ch uses the feedbacks 121 and 122 and
variation or correction of the gain factor p* of the anplifiers 118 and 119
to 15 cause_a, nodul ation of, the xi mum value of L.and Rto reach.0 dB. The
resul ting STetBoPEPGRAPSSX (S FaBB1THRG yit =T 198Y 11 Fed affpli (uities: of whi ch
are direct|yherdpgorteond dorrdel2@iand R satpuligded nba sbeonmdest dmsto a
further | ogj I 5 which determ nes the degree of correlation r by
using the g%%??-??ﬁgi%%éés relation 25(1)r = (1/2T) * f x(t)y(t) dt *
(1/ x(t)effy(t)eff). -T r can be stipulated by the user in the interval -1rl
and ideal l yrranges,ip tle J nherval é&&%&&7x£§9 A?xtﬁe%b%hbgaz%eoqkf results
in optimzed adjustnment of the gain factor of the anplifier 117 for the S
signal via ¥ak2FbUbdek 196 351FheClésdPti A§ stimal W iEH RUEPSS pass
throughot heppagdkj fiers 118 and 119 and al so the | ogic elenent 120, which in
turn causes a fresh nodul ati on of the maxi mumvalue of L and Rto reach O
dB again via the feedbacks -18-

FIGURE 2 clarifies the circuit principle which maps the

input signals x(t), y(t) on the complex number plane or
determines the argument of the sum thereof

15 £ [x(t)] + g '[y(t)]. Within this circuit the resulting
signals x(t) and y(t) from the output of FIGURE 1 are
fed to a matrizx in which, following respective
amplification by the factor 1/v2 (amplifiers 229, 230),
said signals are broken down into respective identical

20 real and imaginary parts, with the real part formed
from the signal x(t), amplified by means co¢f 229,
additionally passing through the amplifier 231 with the
gain factor -1. Therefore, the transfer functions

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

25  (2) fx(t)]

and

[y(t)/N 21 * (1 + i)

(3) g'ly(t)]

are obtained

30
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
= ()] + g’ ly(t)].

35

The element 232 determines the argument for fix(t)] +
g ly(t)].



121 and 122, and said signals are then fed to the | ogic elenment 125 again.
This procedure is perfornmed in an optim zed way until 5 the degree of
correlation r stipulated by the user has been attained. The result is a
stereo signal x(t), y(t) normalized imgelation to the unit circle of the
conpl ex nunmber 10 plane. FIGURE 2 clarifies the circuit principle which
maps the input signals x(t), y(t) on the conpl ex nunber plane or

det er m nest hear gunent of t hesum her eof 15 %x t)] + [ (t)]. Wthin this
circuit theFF%Eglr?tﬁngﬂﬁ@%esg 9 GhECYE )PFFBFrf-P é&t pUCIGCTRIGURE 1 are

fed to a nathédemlwﬁt@bnfﬁHAqEMfWhéﬁ§@@cthelﬁﬁ@hsfm@@buemlbm tike factor

1/ VJ i f 229, . 230) d | broken_d ti
dent | oal . 20 RRaPORRAL Rag el Bar 8. WS HOERET EBF Bart °f & hed Ty om i he

si gnal XXt)thannkuﬁmedoby'nman$nak.229rcadduiﬁomablycpm§$$mgrnmﬁmugh t he

Lifi t
2502) elx(O L2 0p) PTG (PP el ToRe %Qe g1t é%‘:('f’?sl)
are obtalne@eqhémi@%pébﬁl@@fﬂ@awléﬁdﬁﬁﬁﬂﬁrﬁu?npé ?SC@m@

therefore prodyce fhe tgak, peﬁte aegﬂqee (BB RALY spakt @f34t h%fsutrneof the
transfer functions e[x(t)% L g -19- FlI GURE 3 clarl he circuit
principle fRFIWBEREL i nYRtHB deP Ri ti 8HFang®SRher SEGH ou Yegul ati on

i s made gpossi b @ )by edny (@f ]t beepatamatiaredal Then signal resulting
from 333 is then fed to an amplifier 335 and 1is
amplified by the gain factor 0 < a £ 1, such gain
factor being freely selectable by the user.

15 FIGURE 4 shows the circuit principle for the third
logic element, which checks the signals, which are
generated in FIGURE 1 and which are mapped on the
complex number plane as shown in FIGURE 2, according to

the constraints

20
(4)  |Re{f[x(t)] + g [y(t) 1}l £ |a * cos arg{f'[x(t)] +
gy (t) 1} |
and
(5) 1Im{£f7[x(t)] + < [y(t)}l £ Isin arg{f[x(t)] +
25 gIy{t)]r 1.

The real part and the imaginary part of the sum of the
transfer functions f*[x(t)] + g*[y(t)] and the signrals
. resulting from 334 and 335 are in this case fed to a
30 further logic element 436, which checks whether the
criteria (4) and (5) are satisfied, hence whether the
values of the sum of the transfer functions
f [x{t)] + g [y(t)] are within the range of values
defined by the user by means of a.
35
If this is not the case, a feedback 437 is used to

determine new optimized values © or £ (or,



5 the basis of the unit circle of the conpl ex nunber plane or of the
i magi nary axis. The user can therefore determ ne the definition range a on
t he conpl ex nunber plane. For this, the cosine (333) and sine (334) of the
argument which has just been determ negyfor 10 e[x(t)] + g*[y(t)] are
cal cul ated. The signal resulting from333 is then fed to an anplifier 335
and is anpl i £ied-py Lhe, 93 facter O-agl, sueh gaLn &actar beidgf reely
sel ect abl e Jf)%/g}tgﬁ% u‘ée?f_' 15 )FI &JRE 4 ShOVBVSl the circuit princi %ﬁ}es for the
third | ogi coeferbhed Wit IERecks BReSEdnElsovAhi @92dre YRhet attd@ in
FIGURE 1 angawhigh as® mapred @omt heogonptiex nuwhels fdane fasciions in
"FI GURE 2, agccording to.th nstraints 20 (4),lRefe[x(t)1 * gl Y(t)1l}1lla *
cos argfe[x t[)ﬁ(tﬁqg**[ﬂt[}’iﬁ and*Es) wllltﬁ{lfli x(l'lhf] +§"3E"39 ) BiF si%l‘% e[ x(t)]+
250*[y(15) ] }def Thedr bal tphar tussnd bhememagi ndr ya palfhe obuthetswhonta lishe
transfer fu [ frIx(t) L. 9*[y(t '_gn_?E} esul tingfrom 334
and 335 ar ePé:]trr] ?ﬁ?s lcaiieéfé%ie?gng %1(5’)6; ur %ebgﬁo; c e J"2err][1rent 4%% ¥ §i ch
checks whet hesttheoteitkement 43antFI&YREAre sati sfied, hence whether the
val ues of the sumof the transfer functions e[x(t)] + g*[y(t)] are within
the range of val ues defined by the user hy neans of a. 35 -20-
respectivel Jhen}abien Singllyngredezsst ithe sietidh desciPBed WictHeMt o i s
passed 1ohr ogigik @gai * Witil(th he fad ueseofplfigsaimoaf hiveiht ansd erhieuncti ons
fr[x(t)] + g* t are within the range of values 5_defined.by t user by
reans of &, I ot L4 BnalBerBr st RO GBI dlbrehc 436 APELRBWCL
transferredlirnit healastR] ofptoemhiemshtb$3Bhé FiGREaE)ty (8) (and of
deviation A, likewise determined by the inequality (8))

for this maximization. Overall, the constraint

15
T
(8) 0< R - A</ I£[x(e)] + ' [yt)]l dt
=T
T
20 < max I £ xs5(0)]
(£ [x5(E) ], g*ly;(t)]1} € @ -T
+ g'lys(£)]1 4dt
25 <R + A
T

<] Ja * cos arg{f[zx(t)] + g’ Iy ()]}
-T

30 4+ i * sin arg{f[x(t)] + g'[y(t)]}I dt

must be met. If this is not the case, a feedback 539 1is
used to iteratively determine new optimized values @ or
f {or, respectively, n) or o or [, and the entire
35 system described hitherto is passed through again until
the relief of the function f [x(t)] + g [y(t)] satisfies



The latter finally analyzes the relief of the function 10 f*[x(t)] +
g*[y(t)] for the purpose of maximzing the function val ues, whereas
free choice of limt value R* determ ned by the inequality (8)

user has a

(and of deviation A I|ikew se determingd by the inequality (8)) for
maxi m zation. Overall, the constraint 15 (8)0R* - Al | f*[x(t)] + g*

dt -T ZonaxéﬁefBé51géh}nﬁ%ﬁh&%hkadﬁ)oﬂ]tﬁétfhﬁcgiQnTvélgeEYQa@hh

R + A .
g*[y(t)]11

to iterativetyidedepy fige Nneyeppti m zed values 9 or f (or,

a * cos ar *[ x + i sin argie
yechust BE fHE. hlfnlttm%all%e n%t ‘%Jhe %%s@evéaf:é@abéckb?%@

t he

this
[y(t)]1
dt 25<

[x(t)] +

is used

respectively, n)

or a or p, and the entire 35 system described hitherto is passed through
the relief of the function f*[x(t)] + g*[y(t)] satisfies -21-

again until
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An alternative circuit principle which 1is advantageous
to a person skilled in the art is clarified by FIGURES
3a, 4a and 5a, which replace the corresponding FIGURES

3, 4 and 5 in a preferred variant:

FIGURE 3a in turn allows the selection of a new
definition range by means o¢f the parameter a,
0 £ a<1, wherein a is used to allow continuous
regulation, on the basis of the wunit circle of the
complex number plane or of the imaginary axis. The user
can therefore freely stipulate the definition range
determined by a on the complex number plane within the
unit circle. For this, the squared real part (333a} and
the squared imaginary part (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 by the gain
factor 1/a‘, which is freely selectable by the user. In
addition, the sqguared sine of the argument of the sum
of the transfer functions £ [x(t)} + g'[y(t)] is

calculated.

FIGURE 4a, which is intended to be connected downstream
to the ocutput of FIGURE 3a, shows a circuit principle -
which is advantageous to a person skilled in the art -
for a new third logic element, which checks the
signals, which are generated in FIGURE 1 and which are
mapped on the complex number plane as shown in FIGURE

2, according to the simplified constraint

(4a) Re{f'[x(t}] + J[y(t)]} * 1/a% + Im*{f[x(t)] +
Ol <

The squared real part and the sgquared imaginary part of
the sum of the transfer functions £ [x(t}] + g*[y(t)]
and the signals resulting from 334a and 335a are in



t he desired maxi m zation of the function values taking account of the limt
value R* or the deviation A both defined by the user. 5 An alternative
circuit principle which is advantageous to a person skilled in the art is
clarified by FIGURES 3a, 4a and b5a, m@%?b repl ace the correspondi ng FI GURES
3, 4 and 5 in a preferred variant: 10 GURE 3a in turn allows the

sel ection Ofrasney Hef EOAL N & ARAR LAY MEANS Of 1 BfcpAr ABRLEY dhidha 1.
wherein a is used to allow continuous regulation, on the basis of the unit
circle of tRBeEhipWEetRGID| ApRVYr CoLLEREONMEG TR Shéied, T GRer 15
can fherefOWQeEhF@|Yh%?hﬁgh@%ﬁthQh@eHdﬂ}dE"ﬁgé”&%?ﬂ&ﬁéﬁxﬁdﬁﬁtﬂbﬁflOnlthe
conpl ex numhe e wthin the unit cjircle. For this, the _squared rea

part (333a) a&ﬂp?ﬁg'gd% ﬁ@&hhﬂﬁﬁ%aW§%béPt%@fwﬂﬁwoFaE?ﬁ(FYf-éiﬁﬁﬁ(t)] are
cal cul at®d. d&liensdgbgl thesubtirngyf memm3334 ks then 20 fed to an anplifier
335a and is anplified by the gain factor 1/a2, which is freely sel ectable
by the user. In addition, the squared sine of the argunent of the sum of

t he transfefff uiicits ohs efot(tihe +cgspy(td ] fesdeatsulidt/ed. 125UFRAURP 4a,
which is inhgpdeflihg be,cgnnegtedndounstreamio the owput of FGURE 3a,
shows a circuit principle - which Is advantageous to a person skilled in
the art - f&ESREREWVERYYd Thgid¥ ePentht ,Pmhiddl ch88kseRher80 Yt s, which

are %em&T at @%sia%iREééﬁJRﬁths&mbd_ V\ﬁﬂiscfpéﬁgrsﬁecmlﬂlﬁje?p@g tahﬁajﬁonphez'slzmmer pl ane
as shown in accarding to t Si i fied copstraint a

Re2l e[ x(t)]¥ab;uﬁ§(t)?§*1/t}ﬁu qun"[xfjff)] ggﬁl y(H"f”PiEe%he Q‘Hhcgtrle‘}dlsr eal part
and t he squﬁ?hﬂ(ﬁhhginﬂﬂmﬂmaﬂt afe t hetsim ahet heeu raasfer ofunctlivms e[ x(t)]
+ g*[y(t)] . i.0 [ l £i,ng _fram 334a a 3 e dJd; -22- this
case fed toggg%hgghey R%gfcue %n%ktgfﬁgg,caﬁi%h 2 gcggﬁﬁﬁ%tﬁ%$ﬁ¥¥%gabove
criterion i§ogattingf ilerjiheptenemet AdPat ey ateestspnehersasm 6P tHe transfer

functians [x6t)1odig*Lybhdheasesui (hraukhesagw range of values 5 defined
by the user by nmeans of a. If this is not the case, a feedback 437a is used

to determ ne new optim zed values p or f (or, respectively, n) or a or p,
and the entihe 3system finally analyzes the relief of the function

£ [x(t)] + g {y(t)] for the purpose of maximizing the
function wvalues, whereas the user has a free choice of

20 limit value R" determined by the ineguality (8a) (and

also of deviation A, likewise determined by the
inequality (8a))} for this maximization. Overall, the
constraint

25 : T

*

(8a) 0 <- R' - A <[ |fx(t)] + g [y(t)]l at
-T
T

A

max I e x5(0)]

30 (£ [x5(t)], g ly;(t)1} e & -7

<+

g'lys (£)]1 dt

+ A

N
2!

35
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Ja* {1/ V[l - (1 -a% * sin® arg {f [x(t)]



10 described hitherto is passed through again until the values of the sum
of the transfer functions [x(t)] + g*[y(t)] are within the new range of
val ues defined by the user by neans of a. The output signals for the |logic
el ement 436a are now transferred to the;15 last logic el ement 538a (FI GURE
5a). The latter finally analyzes the relief of the function [x(t)] +
g*[y(t)] for the ﬁurpose of maxi m zing the function val ues, whereas the
user has a free choice of 20 |imt value R* determined by the inequality

(8a) (and -also of deviation 8, |ikew se determ ned by the inequality (8a))
for this naxlgfp@pgpp}]ﬁMggall the constraint 25 (8a) OR* - A 1 | efx+
g*[y(t)1l1 dt - maxf 1nx (t)] 30ff* [xi (t) ] , og*[y (t)]}E CD-T g*[vyi
(t)fi dt R + A 35 a*/ \1[1 - (1 - a2)sin2 arg ff*[x (t) ] -23- -T + g*

[y (t )9 lkudtdtfreshly be met. If this 4is not the case, a
feedback 53%a 1is used to iteratively determine new
optimized values ¢ or f (or, respectively, n) or o or
B, and the entire new system, described hitherto 1is
passed through again until the relief of the function

10 £ [x(t)] + g*[y(t)] satisfies the desired maximization
of the function wvalues taking account of the limit
value R or the deviation A, both {re)defined by the

user.

15 Hence, the original pseudo-stereo converter, for
example according to one o©f the embodiments in
EP2124486 or EPL85063% (in this case assuming the
instance of identical inversely proportional
attenuations A and p), is used to iteratively determine

20 new paranmeters ¢ or f (or, respectively, n) or o or B
until x(t) and y(t) meet the aforementioned constraints
(4y, (5) and (8) or (4a) and (8a).

In terms of compatibility (determined by the selectable
25 degree of correlation r), definition range {determined
by the selectable gain factor a) and loudness
(determined by the selectable limit value R" or the
selectable deviation A), the signals =x(t) {123) and
y(t) (124) therefore correspond to the selections by
30 the user and are the output signals L* and R from the

arrangement described.

Stipulation of the Mapping Direction

35 Occasionally, it 1s also important to mirror the
stereophonic mapping obtained about the main axis of
the directional pattern on which the stereophonic
processing is based, since, for instance,

mirror-inverted mapping in relation tco the main axis



5 nmust freshly be nmet. If this is not the case, a feedback 539a is used to
iteratively determ ne new optim zed values p or f (or, respectively, n) or
a or p, and the entire new system described hitherto is passed through
again until the relief of the function,l0 e[x(t)] + g*[y(t)] satisfies the
desired maxi m zation of the function values taking account of the limt

value R* or [fhe deviglion.4, hat bafc,(Hl irpﬁ%ﬁ)ﬂlfé hSyu%%rapp]i%gg‘?f}feﬁé the

ori gi nal pseudo-stereo_converter,for exanple according to one
enbodi nent s lieAtEPRepngd6 ape EPE850688 CPANPRls case assuning the instance
of identical inversely proportional attenuations A and p), is used to

iteratively_determ pe 20 new paraneters or f r, ofre ctively, n) or a
or p until % t)arhnﬂfﬁ?gyn@étm?ﬁé‘qaf%tr%ﬁfg%tFb?llééjfc&nstr i nts ?t&’) P95) and
(8) or (#a)map@e@8apy | dheerpeeséntonpastdh) i tyhd det@rmaed dnpriiegy

sel ectabl e d of,_correlatign r finition rmpned by the
sel ect abl e églr%%fg'égﬁorcgﬁ and” ou%%es%%%%f%#ﬁ‘%%e ‘E)?&ﬁ%l(cg%g%t ache Iiyn‘it
val ue R* or behelfebécthll ehdavicat isomraes deaegiageal S mansI2y) @ y(t)
(124) ther efigfgs¢RLEERPON R SN RRLARIT NS I 1Ay UsEy ag e the

out put signals L* and fromthe arrangenent described. Stipulation of the
Mappi ng Di r 8&B1BAS35 acchdi ANy, 15 t FLSUBREs SN npdfit@nt 1o TTSTrl ¥ he

st er eophmni @o_ﬁﬁ@ﬂtﬁ@ @bmisme%a@bw tieurRi § axi $I6UREhS A rvacetfﬂeqml
pattern on | t st er eophani c. progessi i s base ce, for instance,
mrror-i nvewgﬁEﬁapg? nd"$h E‘e&ﬁ"f]o% t gyet hé‘%%ﬁldn g?i spyﬁiﬁ-{ﬁoc@ﬂr °Thi s can
be achi eveddrtirualihynby tdwappumgotfhecHeef tompaanel rand felre furghitiatyannel . | f
an al ready exjsti. t e i gnal i.S : the present
system the%(;t)ﬂ%gtq O%a%&?gé‘ﬁﬂﬂ]ecﬁ#on%ggn %?%gggg g%gie)%%?%e a_ur%(r)orrati cal ly
on behal f ofighelphant &m)souiiteshieneaatedaby sieiadlof aesen |Lidtesat ed

pseudo-jsi er eophepb e nehhedol gy, RY1vayrof t@xam @ scRfidn 15how tdy FI GURE
6b (which is directly 10 connected downstreamto Fl E 5 or FI GURE 5a,
wher eas Fl (EREISéaHhQQI iREG e hevatyed ©F FISURET8BSEEF ré?trﬁorﬁ%g t he

sum of the gbmplex )t ragdfertfunct bens f*fd{pddyivelnf(r (t £)11{0r) )t ke al ready
existing stereo signal_L, R . In,this case,.at suitably chosen tines 15 ti
(for which ﬁofr %ﬁll)q & yﬁebesu%gléa%eﬁﬂ yzeé:i ef %o??eﬁg?lsﬁgofn&nccté}séeﬂ 'val ues of
t he transfethéunctidnsa{k(t 1) pseegtepfed) O, trespgeri vel yurfotipmi)) +
g*(r(tiy) y equal ro r ast, o ey, the ﬂﬁq@@
ascerté%(%]eggt (r)gﬁtslﬁgr fgngt(%lgn) 2%9 f%%}(‘!(”'?;\ii +ﬁ§§§}?§l*)) ag s(%qown in FI GURE 2
i s conmpar ed"iFPhthge thafer furetion £ (L1(t))) =+ YHEAEt))) obf v | eft
signal 1(t)1and tdheyddghty @)gnahdr (¢he ofriche: okiignral stejecosi gmd L, BY
(which transfer,function is ascertaifned by u i.ng Hg_he cifrcui shawn in

FI GURE 6a, 25 PhR2UeSFgRe8r SHIEH corr eSpond8t R8PSt fé)’frct 57 t he
circuit forishescapuéisédnblsuxihly, thét rircuEcGIREWR) inl frIcEse &ar,ansf er

functi oas r?ﬂged'e%igﬁe f@”&h%ﬁdrcad}}rﬁ%fpdn:gost he, dicggonal Ly oppesi tg quadrant
of the conmpléx nunber plane, the total "nunber m of function
: the circuit for the input signals x(t), y(t) in FIGURE
2). 1If these transfer functions range 1in the same
quadrant or in the diagonally opposite quadrant of the
complex number plane, the total number m of function
30 values from the cited transfer functions which are
located in the same quadrant or in the diagonally
opposite quadrant of the complex number plane 1is

increased by 1 in each case.

35 An empiricaily (or statistically ascertained)
stipulatable number b, which should be less than or
equal to the number of correlating function values of
the transfer functions £ (x(t;)) + g*(y(tI) and £ (1(t;-

Yy o+ g*(r(ti)) unequal to zero, now stipulates the
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nms or dafa reducti mhlc
it makes sense to Jjointly encode the information

regarding whether the resuliting left channel and the
resulting right channel need to be swapped (for example
expressed by the parameter z, which takes the wvalue O
or 1, and, if desired, can simultaneously activate a

circuit as shown in FIGURE 7).

With slight modificaticons, similar circuits to the
circuits shown in FIGURES 6a and 6b can be constructed
which can also be used at another location within the

electrical circuit or algorithm.

Narrowing or expanding of the mapping width

For this application too, the additional wuse of
compression algorithms or data reduction methods which
are part of the prior art or the consideration of
characteristic features, such as the minima or maxima
for the pseudo-sterecophonic signals obtained, is
recommended in order to speed up evaluation thereof in

accordance with the invention.

Of particular interest (for example for reproducing
stercophonic signals 1in automobiles) is the subsequent
narrowing or expanding of the mapping width of the

stereo signal obtained by using the specific variation



30 are part of the prior art or the consideration of characteristic
features, such as the mninma or naxi ma for the pseudo-stereophonic signals
obtained, is recomended in order to speed up evaluation thereof in
accordance with the invention. 35 O pagticular interest (for exanple for
reproducing stereophonic signals in autonobiles) is the subsequent

narr owi ng 0p EXRANAAG Rl dihe-JBRPLNG; 3 A Noel the 1eanea s ntalr Pt ai ned

by using the specifi¢ variation -26- of the degree of correlation r of the
resul ting st&fedlsignalr BReGlesSiRlti verg, aﬁﬁénéﬁﬁéﬁﬁétﬁbn%rAeéﬁeeW%e p (for

form ng the(resul tidignisier eensi gnadgul diheg pr evicawsl y degean) ned mar anet er s
f (or, respectlvel% SCéf mthhcgescrlbetthe gg ?ctlonal atter of the

si gnal t hatPFRVIBUBLY st ETBHIN eB2 T PREC AT OrtC)ﬁﬁf taivried
manual | ¥ ornpywhethobegyribenthesedd rbytibeainioa taeirs @ﬁdthesdqund_source

Lol Tor bty A eReNLD0 800} Lo BN LAS (LR Lhie TLON Gpedidig ang e

|l o p can be re ained i s case, and frakes™ sense that now only final
anpl i t ude cosrertabnedsmaaseddar pr fhy BRBAPLETHS- percingetofive tleement 120

in FI GQURE 1,,proyded that {HH S BARHOVWAG-OF, expanding: of 16he Ny ng wi dth
is performed manually. 15 If this is_intended to, be automated, %fles of

psychoacous?Pel experlaeht & §ﬁ6hf@ﬁ%tfthbﬁé?%ﬁtrﬁﬁbﬁlﬁ&eﬁﬂﬁﬁhQQQ
essentiial | yp d@mnﬂenteealhbe €hi tREEORaZ2Q( 9):08 -1I‘niamalld8% sefndet Ydhat g [y(t)]

H< s*+ E< 1 and.als t [ rion_25 (10 OLF- X (t)] H

Gt ors x T O WRed S ATRFLEDER SRRy P 5 R aRkY o e

sti pul at ed edxirh}elentdq/ foer téhephb®1@1<3| mﬂadnsen‘d or120 in FIGURE 1,
provided that this narrowing or expanding of the

mapping width is performed manually.

15
If this 1s intended to be automated, series of
psychoacoustic experiments show that a constant mapping
width is essentially dependent on the criterion
200 (9) 0 < 8- & < max |Re 1E7[x(t)] + g'[v(£)] 1l
<s'+eg<1
and also on the criterion
25 T
(10) 0< U-x < [ x(e)] + g'[v(e)] f| dt < U™+ x
-T
30 (where S* and & or, respectively, U* and k need to be

stipulated differently for telephone signais, for
example, than for music recordings). Accordingly, it is
now necessary to determine only suitable function
values x(t), vy(t) which are dependent on the degree of
35 correlation r of the resulting stereo signal or,
respectively, on the attenuations A or else p (for the
formation of the resulting stereo signal) or, where
required, on a logic element which is identical to the

logic element 120 in FIGURE 1, in accordance with an



exanple, than for nusic recordings). Accordingly, it is now necessary to
determ ne only suitable function values x(t), y(t) which are dependent on
the degree of 35 correlation r of the resulting stereo signal or,
respectively, on the attenuations A or,else p (for the formation of the
resulting stereo signal) or, where required, on a logic elenent which is

ey aPrb D8 L00) O B TRng! 2ot et knilh accor dgncegwi iy an

I
-27-- iteralrve operating principle which is based on feedback. The
arr angenent faedbadkng to the invention in FIGURES 1 5 to 5, 6a and 6b or
FIGURES 1, 2, 3a to 5a, 6a, 6b can accordingly be enhanced within the

context of an arrangenent, for instance, of the form sho in _FlGJRES 7, 8
and/ or 9. FIEpREC 72RABRERY SRERECANEUFPhEN el aNSIE 161 &dﬁhﬁgﬁﬂg%
nor mal i z ngtst er e@phonic & 4P pseudpsstier @gphdmico sbgnaks, wisibclanshen

connected downstreamto FlI GURE 6b, i.s activated,as t paraneter z
is present ﬁgcﬁﬁd?ﬂg%¥ sFSnaF?hPHCF iswégéé% t%g%in?gﬁgﬁ§$algg of 'the gain

factor A coarespgedsntp £he fneakneel uefothehéogai whicsiet gm ATGYRES FI GURE 1
when the paﬁangtQBF?oES9Er%@%ﬁ%ﬁrthh%?%b l%ﬁ%@%?%‘%d¥¥ﬁé%'ékéﬂ E1lare

transferred tirectl'y as input signals 1 G at the time of this
transfer. ofTheaciretf®elishowed n FIQURES Z10% 9 TETFIIRAYEM al I9F 20 al so

be useqoauzﬁgt@ﬁ@eglséflge't@%@ﬁbﬁ_:ﬁcci rCirt8 0r @hgenit hngheh n tdurprasent
arrangerent , the Lett ehanpel, pdgphe 1l ot chapng! .2re syepRed f. the M8

parameter z 1s present as an input signal. In this
case, the initial wvalue of the gain factor A
corresponds to the final wvalue of the gain factor A 1in
15 FIGURE 1 when the parameter z is transferred, and the
input signals in FIGURE 1 are transferred directly as
input signals to FIGURE 7 at the time of this transfer.

The circuits shown in FIGURES 7 to 9 can incidentally
20 also be used autonomously in other «circuits or

algorithms.

In the present arrangement, the left channel and the

- right channel are swapped in the MS matrix 110 by using
25 a logic element 110a (which also activates this MS
matrix as soon as the parameter z 1s present as an
input signal), provided that the parameter z is equal

to 1, otherwise such a swap does not take place.

30 The resulting output signals L and R from the MS matrix
110 are now amplified (amplifiers 118, 119) uniformly
by the factor p* 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,

35 this is achieved by the downstream connection of a
logic element 120 which uses the feedbacks 121 and 122
and variation or correction of the gain factor o* of
the amplifiers 118 and 119 to cause a modulation of the

maximum value of L and R to reach 0 dB.



25 a logic elenent 110a (which also activates this MS matrix as soon as the
parameter z is present as an input signal), provided that the paraneter z
is equal to 1, otherw se such a swap does not take place. 30 The resulting
output signals L and R fromthe M5 matygx 110 are now anplified (anplifiers
118, 119) uniformy by the factor p* such that the maxi nrum of both signals
has ? IeveLbof eractly g dB (no;nalizafion on Lhe unit circle of the
conpl ex nunber ane) . way of exa e, 35 this_is achiev by the
domnstrean1%®nﬁg€@¥ e%fghePZgFéeeF§g£HF1EQOS&HP€ﬁ5u§é§)tHé%géeéﬁgcks 121
and 122 andyvayi ais PN Qe CREKEEEHORCO0R khergai Asf agbah ph afIcURE &mplifiers
118 and_ll?itovggu % agnqggla%bon 8f th?.g&XlﬂU vglge ofnL andtﬁeto reach
0 dB. -28-11n "Wkt hdPIdCEF % hESPREGFEV Rg ST%mat 5% tS™ (£3) H8Rd y(t)
§£4) ?!5e n@a\cff@? m;;’_é r(ratgpilxrf]as:csp@\m,i 2 ¥ )GUREh 8y | arahephitf dhitowi ng
pective a ification . C 4 N 2 2
are split i ht ?%%ﬁ%%t}%%ngﬂ%%figg frégﬁ %ﬁ g?ﬁgg&ngkgkgérﬁthwﬁg%,thgeyea
part fornedréabmoelre sfgraedx(finom atpei filahdly weans oImPROfieddiPyi onal |y
passi ng thfﬂé’%bsth%f obbai %ﬁhdimeor{aqslrgﬁctbggs&ﬁgl Kl b RERYi Ny parts

n
are now summed and thus result 1n the real part and_ the imagi nary part of

the sum of amelifieisf &Sk unétionkhasiaqhpe (ERpCfoF g* by (1519 . SREPAFFangement ,
for exampl e; basetepn tihe dtaging el ehpait BP0 iahdFl GYRE &) Nowaneedsiyt o be
connect ed domnstre%§1, . ,
: mentione in connection with FIGURE 2 are therefore
obtained. The respective real and imaginary parts are
now summed and thus result in the real part and the
imaginary part of the sum of the transfer functions

15 £ [x(t)] + g [y(t)].

Bn arrangement, for example based on the logic element
640 in FIGURE 9, now needs to be connected downstream,
which arrangement <checks, for a limit wvalue s -
20 suitably chosen by the user with respect to the mapping
width of the stereo signal that is to be achieved - or
a suitably chosen deviation & - both defined by the

inequality (9) - whether the constraint

25 (9) < 8- g < max |Re {£Tx(t)] + ¢ [y(t)] 1| < s'+ e
1

is met. If this is not the case, a feedback 641 is used
to determine a new optimized value for the degree of
30 correlation r or, respectively, for the attenuations A
or else p {(for the formation of the resulting stereo
signal), and the previous steps Jjust described, as
illustrated in FIGURES 7 to 9, are performed until the
above constraint (9) is met.
35
The output signals for the logic element 640 are now
transferred to an arrangement, for example based on the
logic element 642 in FIGURE 9. Such arrangement finally
analyzes the relief of the function i x(t)] + g Iy{t)]



whi ch arrangenent checks, for alimt value S* - 20 suitably chosen by the
user with respect to the mapping wwdth of the stereo signal that is to be
achieved - or a suitably chosen deviation a - both defined by the
inequality (9) - whether the constrainfg25(9)0 < S*-nmax 1Re( t ) + g*[y(t)
HS*+ <1 is net. If this is not the case, a feedback 641 is used to

det er m ne a-pew. opt i al.ye § g r n i, or,
respectivel y{}gf 5?1% Ff%%ﬁ?%e%uggl orf% ,&Hg‘“g?e Eﬁé Oguorgtoﬁlﬁg{fg%%%%igon nof t he
resul ting steres @fghbt)maananghwatevpéué;het §[§§fe@st51@é]§ér ithed, s

i 11 ustrat edebnpEl GIRESvAGL O the Al Pesd Didregbuat kb e tabove seanrsiy ai nt (9)
is met. 35 The output si nals for the logic el enent 6%81 no ransferred’
PEiEnCedis % 1

to an arran’@%%e{’ﬂ-mlFof’aekﬁnﬁl e3RdsERc oSV hatL8Yi €7 e | GURE 9.
Such ar rsang@H@nE_nfelqaahhyyar(aloyzes«:lthre redpeit ofot heef maghiiay efdXddh)] +

og*[y(t)] or the 0s€ i m_zin he _f Lan in terns
of the mapp‘?ﬁ t dtstlf %rfae glggnal ttcfg]}{) ack{%%gaac\r@éa\l}% 't he user
bei ng abl e tlmesuemabtayzls‘el ect the limt val ue U* and the deviation K, both

defined by 5 the inequality (10), with respect to the mapping width of the
Kl el x S')?”i" 50 fr B s K HoLR G B okt (o Aehe D) £ hot ¢ he case, a
f eedba L@ 643 is used to determ ne a new optim zed value for the degree of
correl ati ommiiserpergspectevehys fernbhetakt easati anfeedback 643 1s
used to determine a new optimized value for the degree
of correlaticn r or, respectively, for the attenuations
A or else p (for the formation of the resulting stereo
15 = signal), and the previous steps Jjust described, as
illustrated in FIGURES 7 to 9, are performed until the
relief of the function f [x(t)] + g'[y(t)] satisfies the
desired optimization of the function values with
respect to the mapping width taking account of the
20 limit value U" and the deviation x, Dboth suitably

chosen by the user.

In terms of the mapping width - determined by the
degree of correlation r or, respectively, the
25 attenuations A or else p (focr the formation of the
resulting stereo signal) - the signals x(t) (123) and
y(t) (124) therefore correspond to the selections by
the user and represent the output signals L and R"
_ from the arrangement which has just been described.
30
Areas of Application for the Invention

The arréngement just described, or portions of this
arrangement, can be used as an encoder for a
35 full-fledged stereo signal that is limited to a mono
signal plus the parameters ¢, f (or, respectively, the

simplifying parameter n), o, B, A or p.



or else p (for the formation of the resulting stereo 15 signal), and the
previ ous steps just described, as illustrated in FIGURES 7 to 9, are
performed until the relief of the function f[x(t)] + g*[y(t)] satisfies the
desired optim zation of the function _wg ues with respect to the mappi ng

wi dth taking account of the 20 limt value U* and the deviation K, both
suitably chosen Dy, hie st nbn JEI, ofs bfey mRapi ne vl Nuardet gpni ned by
the degree of correlation r or,respectively,the 25 attenuations A or else p
(for the forgrRedn @f thérr esuPti Rg Stefedsilgial TaPP RS QﬁﬁﬁSF%OQ(t) (123)
and y(t) (lﬁﬁ) phessioses cot respend -t @'t be sel @sidoNsedybéhewysendand
represent the output s;jgnals i ** and R fro&nthe arr angenent f\,h'ch has
just been dedtribed. 136°KIaSs PEF FPPT i RAEPORT 1 8F £hd T ent$ 4R Thg
arrangegentx}sjiuﬁj ﬂ%gphb&det@rspmtifon(s;zof tdesearinamigenment, canfbe used as
an encoder for_a 35 full-f]edged i gpa LS. LLm tp.a nono
signal pl us)\ e %a:%rérr‘{a ef s ‘%? ?%‘éfﬂ%g%%e%?i ée'ltng?fl? ea!é%:grkp{j?ggi ‘rpia
paranet er rHE21L4486 oERLES0EP. An al ready existing stereo signal can be
eval uated in respect of r or a or R* or A or the mapping direction (or
paraneters S* or ¢ or U* or x described bel ow) and can then,l'ke}/jvi se be
anew encodedimtstar wbno g gHefamsieme s HeS | heepar Bngfer &° p‘?’hfc%oF, ©
respectpvelglem®nt A bdho Bdy PpbBsYbeYW Bb amRdapparainiorusedresod
according to E22124486 or EP1850639. SiI 'Iarl%, he arrangenen lg(ust
descri bed, ¥FWfiThtPhe 05 % BHENE 55 bel orEN(Pmy poSi bl y°BE aggg%, tan be
used as ahde)c,octe,r mp(rj}\rmmpsiogna:lr& ndppindg dorectespecfovebyamp)le a, p, A
or p or the i irection exampl.e expregse r ter z,
whi ch can aes’é%pﬁegé‘{%je \!t/) Iu%h% (érglmare kr?évm?m'rsﬁggh gargggté“’ %F%?séggduced to
15 an arr angeient0 aecoldi e KIEPP124486h op ERIBSFE39Ls reduced to

15 an arrangement according to EP2124486 or EP1850639.

Overall, such encoders or decocders can be used wherever
audio signals are recorded, transduced/converted,
transmitted or reproduced. They are an excellent

20 alternative to multichannel sterecophonic techniques.

Specific areas of application are telecommunications

{hands-free devices), global networks, computer
systems, broadcasting and transmission devices,
25 particularly satellite transmission devices,

professional audio technology, television, £ilm and

broadcasting and also electronic consumer goods.

The invention 1s also of particular importance in
30 connection with the obtaining of stable FM stereo
signals under bad reception conditions {for example in
automobiles). In this case, it 1is possible to achieve
stable stereophony by simply using the main channel
signal (L + R) as an input signal, which is the sum of
35 the left channel and the right channel of the original
stereo signal. The complete or incomplete subchannel
signal (L — R), which is the result of subtracting the
right channel from the left channel of the original

stereo signal, can also be used in this case in order



Overal |, such encoders or decoders can be used wherever audio signals are
recorded, transduced/converted, transmtted or reproduced. They are an
excellent 20 alternative to nmultichannel stereophonic techniques. Specific
areas of application are tel econmuni cafjons

(hands-freedevi ces), gl obal net wor ks, conput er

syst ens, broadcast i ngandiransmessi;ondavifess » 25, par t tsubatbymsatebki te
transm ssi on devices, professional” audio technol ogy, television, filmand
br oadcast i reP kil 28 sbhel eerPBsieréodsurfdi: gedtReCThEStYweRt i o i§hal so of

particul ar jdporincentnd3@ccenpaati gatwelrh e oy asngmgl othstabke FM
stereo signals under bad r'ec,eztpt' on_conditions (faqr exanple in_autanobiles).
In this case® PE iFEshme 'acw'i]%vé‘nghﬁbl(pe “st g%%ﬂgﬁ§95§a§fl |y using
tﬂe lma}ﬁ Cﬂﬁﬂﬂﬂ.ﬁ]llisjfgbm K #*eRroasgyn-i rpuflosegnadly whechmasnt heisum of 35
the left channel, an he right_ch el..of .tk rigi-pa o.slgnal . The
conpl ete oraril%c%}rlr%l et e sube 5%’1%’el e@?g%é&ﬂgﬁ]su% t‘Lg\'%,Ei éﬁél}lgﬁghgﬁbggul t of
subt ract i ngtt he thieght £&hahhébusr omidiet | ebreghiasnel av¥le he fori gth&l stereo

signal, can,alsg,be ysed, i nothis)case, i #9rdehe formation of the
resulting stereo signal or, resulting therefrom, the

10 gain factor p* in FIGURE 1 for normalizing the left
channel and the 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

15 has been normalized by using p’, where x(t) is the left
output signal resulting from this normalization and
y(t) is the right output signal resulting from this
normalization) or the degree of correlation r of the
resulting stereo signal or the gain factor a for

20 defining the admissible range of values for the sum of
the transfer functions of the resulting output signals

(for example the complex transfer functions

(2) £ [x(t)] = [x(t)/N 2] * (-1 + %)
25 and
(3) g'ly(t)] = [y(e)y/N 2] * (1 + i),

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

Ltrue:
30
(4)  jRe{f'[x(t)] + g [y(t)]1}l £ la * cos arg{f [x{t)] +
g [y(t)]}]
and
35

(5) 1Tm{f [x(t)] + g"'[y(£)]1}] £ |sin arg{f [x(t)] +
g ly(t)1}1)



-31- to forma useable S signal or in order to determ ne or optimze the
paraneters f (or, respectively, n), which describe the directional pattern
of the signal that is to be stereophonized, the angle m- to be ascertai ned
5 manual |y or by nmetrology - enclosed_fy_the nmain axis and the sound
source, the fictitious left opening angle a, the fictitious right opening
angl e p, theaathenyahi 08RO elge thd orathe Jarmat in Lt dfdasuyl ting
stereo signal or, resulting.therefroam the 10 galn factor p* in FIGURE 1
for nornalif?ﬁgaFﬁe FOretERaRtSl afd t FS i ght T chafh&RD r@gﬁlﬂﬁﬁT%ron1the
M5 mat ri Xi ngaeemérem apolher aakr apgeient tascoedi agnsdraheti nventi on, on the
unit circle (in this case 1, for exanple, corresponds to the maxi num | evel
of 0 dB which 15 has been nornalized by using p*, where x(t) is the left
out put si gndkad eBaf{fi Frg(tfrlomtt hiss[norial i zat lda’and yInf{f §x ttie] ritght

out put signaﬁyq@§?Lg§qg fromthis normalization) or the degree of
correlation r~of e resulting stereo signal or the gain factor a for 20
defining the adm ssible range of values for the sum of the transfer

functions ofrtheneesuliiing oWspué srgnabs (f:afe exadPplecidie canplmeyr transfer

f ti . f* t)] =, t)/ 4 *(-1 + i 25 d 3
OIS sripyrgthad 9 BhrikiEh et Al Gpboidde FRATHE, of o thn o)
fol | owility | Subectibon 30al(dy bRl x{in) JoF ghpyét Yrhbkder comcanghis*[x(t)] +

g: [L;(E { g } '1'1) e PR(O)edy AT EXWoilout SF5BA( 1A A1 T3l XAhd ] £,
the time interval [-T, T] or, respectively, the total
number of possible output signals x;(t), yj(t), the

following is true, for example:

15
T
(8) 0< R - A=<[£[x(t)] + g [yt)]l dt
-T
T
20 < max - Fie=se)]
{£70x5(t)], g iy;(£)]} e @ -T
+ gly; (£)]1 dt
25 <R+ A
T
<[ la * cos arg{£[x(t)] + g’y ()]}
=T
30 + 1 * sin arg{f[x(t)] + g'[y(t)]}] dt)
{a person skilled 1in the art would advantageously
replace constraint (8) with
35 T

(8a) 0 < R - A< |f[x(t)] + g [y(t)]} 4t



-32- (a person skilled in the art woul d advant ageously repl ace constraints
(4) and (5), given the sane paraneter a, 0 a 1, wth the new constraint
5(4a) Re2fe[x(t)] + giy(t)D * 1/a2 + In2fe[x(t)] + g*[y(t)]}1) or the limt
value R* or the deviation a for stipul®ing or maxim zing the absolute
val ue of the 10 function values of the sum of these transfer functions
(where, for this stipulation=8r maxim zation and for the tinme interval [-T,
T] or, respectively, the total nunber of possible output signals x3(t),
yi(t), the following is true, for exarrple 15 (8)0- Ae[x (t)] + g*[y(t)]1
dt -T 20max! | efxhaft )] fE*[xj(t)], g*[yi (t)j]EquT jjvi (t)11 dt 25<R* +A
Jla* cos arg{flIx(t)] + g*[i(t)]] -T 30+ i * sin arg{e[x(t)] + g*Pf(t) 111
dt) (a person ski{fedk;i(a)thegary; woulld cadbantageously repl ace constraint
(8) with

5

+ g'lys(£) 11 dt
<R + A
10
T
< fa* {1/ V{1 - (1 -a * sin? arg {f {x(t)]
~T
15 + g iy(£) ]3]} dt)

or the mapping direction o¢f the reproduced sound
sources, for example by determining the corresponding
20 quadrants for the function values of the aforementioned
transfer functions (2) and (3) for the original stereo
signal (which can be optimized by wvirtue of subsequent
swapping o©f the resulting left <channel and the
resulting right channel, for example, see above), or
25 the limit value S8  or the deviation & (for which, by
way of example, it must be true that
(9) 0 < S- g < max |[Re £ [x(t)] + g'[y(t)] t| < s+ ¢
< 1)

30

or the limit value U or the deviation x (for which, by

way of example, it must be true that

35 (10) 0 < U'- x < [|f[x(t)] + g'[y(t)] dt < U+ %),



35 (8a) 0 -R* - Al I(t)] + g*[y(t)]1 dt -33- -T maxJ If[x(t)] ff* [x; et)]
, g*[yi(t)]} E 4:13-T + g*[yi(t)]1 dt a* {1/ -V[1 - (1 - a2) * sin2 arg
{e[x(t)] -T 15+ g*[y(t)]IIl dt) or the mapping direction of the reproduced

sound sources, for exanple by determ ngpng the corresponding 20 quadrants
for the function values of the aforenmentioned transfer functions (2) and
(3) for the original stereo_gignal (which can be optimzed by virtue of
subsequent swapping of the resulting left channel and the resulting right
channel, for exanple, see above), or 25 the limt value S* or the deviation

a (for whichlibyowayedfe réXaiploe, o topishi HEnd r tiket Rappf A}0Fidrax diRe
* * N
ix(] + Qﬂg(tggefé% +s§g%£l3oto be attained. In any case, the
5 result 1s stereophonic mapping which 1s constant in

respect of the FM signal.

In this case too, it is additionally possible to use
prior art compression algorithms, data reduction
10 methods or the evaluation of characteristic features,
such as the minima and maxima, in order to speed up the
evaluation of existing or obtained signals or signal

components according to the invention.

15 In each embodiment and in each figure or each element,
the circuits, converters, arrangements or logic
elements presented can be implemented by equivalent
software programs and programmed processors or DSP or

FPGA solutions, for example.



or the limt value U* or the deviation K (for which, by way of exanple, it
must be true that -34- -T all for determning or optimzing the mapping
width of the stereo signal to be attained. In any case, the 5 result is

st er eophoni ¢ mappi ng which is constant3gn respect of the FMsignal. In this
case too, it is additionally possible to use prior art conpression
al gorithns, data reduction 10Cigthefissyrbehe wgeduati on of characteristic

features, such as the mnim and maxima, in order to speed up the
eval uati on of existing or obtained signals or signal conponents according
to the inveftiBhi)15 I'n eaBRIERDBAI #BALIARASI n each figure or each el enent,

phelcircuié&b(gpngthrs, géfgnggae@t§ogg b@ghgnglgﬂgnés gresented can be

i npl enent e equl val ent software prograns_and, progra processors or
DSP or %PGN3sé?EF?gns, forﬁéﬁaHp%é9gltg%95L?g?nbggs ﬂ%ggg used 9 (Phi)Angle
of incidenck a (al pha)Lefthrttehubtdoos Spenthg aagteibppt (begagRi ght
fictitious gpening angle Xpttenyatign 8 Lhe Lebie! NRYS: skogal:

The attenuations A and p can be used to adjust the

10 degree of correlation of the stereo signal.

v Polar angle
£ Radial c¢oordinate, which describes the

directional pattern of the M signal

15 Po, PP Gain factor for o and

Lo, LB Time difference for a and B

So Simulated left signal component of the S

signal

Sp Simulated right signal component of the
20 S signal

x(t) Left cutput signal

vi{t) Right output signal

% (t)] Complex transfer function

g [y(t)] Complex transfer function
25 a Gain factor for the definition of the

admissible range of values for the sum
of the transfer functions of the

resulting output signals xz(t), y(t)

r Degree of correlatién, derived from the
30 short-time cross correlation
R" Limit wvalue for the loudness of the

resulting output signals x(t), y(t)

Deviation
s” lst limit value for the mapping width of
35 the resulting output signals x(t), y{t)
£ Deviation
u” 2nd limit wvalue for the mapping width of

the resulting output signals x(t), y(t)

X beviation



Attenuation for the right input signal The attenuations X and p can be
used to adjust the 10 degree of correlation of the stereo signal. Polar
angl e Radi al coordi nate, which describes the directional pattern of the M
signal 15 Pa, ppGain factor for a and fla, LpTine difference for a and p
SaSi nul ated | eft signal conmponent of the S signal spSinulated right signa
conponent of the 20S signal x(t)kgtkbnoubpdtngi gnal y(t)R ght output signal
f*[x(t)] Conpl ex transfer functiom g*Ty(t)] Conpl ex transfer function 25
aGain factor for the definition of the adm ssible range of values for the

sum of the transhemetusat ifens sbcdheingspbtihog-eutpubprbgnal Suxplk, y(t)
Lot val ue for SHETBudREss SRt REC T Bl tengoodtple SPenare WeDl: v(1)
5 wherein x(t) is the function value of the
resuliting left output channel at the time £, and
y{(t) is the function value of the resulting right
output channel at the time t, characterized in
that the obtainment is iteratively optimized until
10 <x(t), y(t)>» is within a predetermined definiticn

range.

2. The method as claimed in claim 1, in which the
parameters o© or f (oxr, respectively, n} or o or B
15 are iteratively adjusted so that «x(t), y{t)> is

within the predetermined definition range.

3. The method as claimed in claim 1 or 2, in which
the level of the maximum of the resulting left
20 channel and the resulting right channel is

normalized or, equivalently, the axis length of

the reference system for «xf{t), y(t) > is
normalized.
25 4, The method as claimed in cone of c¢laims 1 to 3, in

which the degree of correlation o©of the output

signals x{t) and y(t) is normalized.

5. The method as claimed in one of claims 1 to 4, in
30 which the obtainment is iteratively optimized by

using c¢riteria which are dependent on |<x(t),
y{t)>l.

6. The method as claimed in one of claims 1 to 5, in
35 which the cited definition range is determined by

the user.

7. The method as claimed in one of claims 1 to 6, in

which the cited definition range is automatically



ADevi ati on 1st Iimt value for the mapping w dth of 35the
resulting output signals x(t), y(t) Deviation 2nd Iimt value for the
mappi ng width of the resulting output signals x(t), y(t) ICDeviation -36-
Patent Clains 1. A nethod for obtainingszpseudo-stereophoni c output signals
x(t) and y(t) by using an M5 matrix (110), 5 wherein x(t) is the function

val ue of the resybtipgihefit woUhPUcGhaRNebnak rhhatt 78 tspcttth WHan i s the
function value of the resulting right output channel at the tinme t,

characterized i nfPRafUEhe- obtai nment is iteratively optinized unti
10<x(t), y(t)>is within a predeterm ned definition range. 2. The nethod as

clainmed in clg in i,ch the paraneters or f.(or espectively, n) or
a or p lbare i‘g#é?inFﬁggdfﬁsf F 45 nat Q&%t % ﬁiéigsié %ﬁtﬁfn]t e

predet erdmi ned dewhichi 6n rangess3.tlEre oet kadads ©b atived selltaiohel or 2,
|0 which the | evelnol Lhe i ofist RAer et ddig ] &f heglargbannel and the
resulting right channel Ts nornmalized or, equivalently, the axis l'ength of
the reference sybeem f 6Ragx(t9x yeysli s teor e zedbsoduteThe/aeithod as

clainmed in one of,ebglfiBed £0e3, the time interval [-T, T], of the
sum of the complex transfer functions for x(t) and

10 y{(t), wherein the complex transfer function for
x(t}) is equal to x(t) divided by the square root

of 2, multiplied by the sum of -1 and the
imaginary unit, and the complex transfer function

for y(t) is equal to y(t) divided by the square

15 root of 2, multiplied by the sum of 1 and the
imaginary unit, less than or equal to the maximum

of all reliefs, integrated over the time interval

[-T, T], of the sums of the above transferx

functions for available paired functions x;(t) and

20 y3(t) with the total number p, less than or equal
to the limit wvalue R" plus the deviation A, less

than or equal to the parameter a, 0 £ a £ 1,
integrated over the time interval [-T, T)], said
parameter divided by the square root of the term 1

25 minus the product of the squared sine of the
argument ©¢f the sum of the above complex transfer
functions for x(t) and yi{t) and the term 1 minus

the square of a.

30 9. The method as claimed in one of claims 1 to 8§,
characterized by the additional ascertainment or
stipulation of the mapping direction of an

existing stereo signal.

35 10. The method as claimed in one of claims 1 to 9,
characterized by the additional stipulation of the
mapping width of the resulting pseudo-stereophonic

signal by using the possible wvariation of the



whi ch the degree of correlation of the output signals x(t) and y(t) is

nor mal i zed. 5. The nethod as clained in one of clains 1 to 4, in 30
which the obtainment is iteratively optimzed by using criteria which are
dependent on kx(t), y(t)>1. 6. The_g@thod as clained in one of clains 1
to 5, in 35which the cited definition range is determ ned by the user.

-37- determ ned ubbhogrgat %br%@%‘t&%‘nm rf)orofsp&?@rb gbﬁﬂai%rmé%l Gn 8 The
nmet hod as clained in one of c¢|ains in5 which Ois |less than or

equal to the seI%E’E%%‘F%t’r‘PIPn@v%?ufé R* m nus the sel ectabl e deviation 4,
| ess than or equal to the absolute value, integrated over the tine int erval

[-T, T], of t sumof the ¢ | ex,transfer functlon f.or (t) d 10
V(1) wherei n e chipIBRERFaNGE oF LUAEE! R PHP- Rt LPd T dalot 4tk 1)

di vi ded Sby t he squr@ct@nizerﬂ By nmuthe i ptidedlbyaﬂheeWmadﬁonl aﬁd arhe

i magi nary unit, C fer, r | q to y(t)
di vi ded by the s%gsr{ﬂi% 9{?8&;85 % %%%r%ulwt}{p yf)?hg gfj:)r%dg?e% and the

i magi nary unit, $e@%u¥%hhtbr0%ql9¢d¥@e@]ﬁ@f$mm mum of all reliefs,
integrated over the tinme interval [-T, T], of the suns of the above
transfer functions for avail able Eal red functl ons x%@) and _20 t) with

the total nunBér p, ThesBetRaR 8F s{adlPefolfhelfi At SHaEEE R* T91 Ut he
devi atilon 4, | esshdhantoriasiialby o tthe palditaicerzla, dbd ibatirtregdt ed over

the time int _erval r&préss ns%gghgae neter gl vi ded bcy tnhemggl%lgdg rgot of the

term1 25 ninus THe pro square sie of the ar gument °6f the sum
of the above con@tkee(rtraﬁééetlﬁanctamd&aftopnx(traemrddfy,(t)tandavldeq erm1

m nus the square;pf, 2 5309. The nmethod as clained in one of clainms 1 to 8,
characterized by the addl tional ascertainment or stipulation of the mapping
direction of an existing stereo signal. 3510. The nethod as clainmed in one

of claims 1 to39, ches asdenddessbyliheeaddht bppabrstipuhat onoofiathe
characterized by the additional conversion of the
obtained stereophonic output signals into stereo
signals which are reproduced by more than two
loudspeakers.
20

14. The method as claimed in one of claims 1 tec 13,

characterized by the application thereof to FM

sterec signals.

25 15. An apparatus for obtaining pseudo-stereophonic
output signals x(t) and y(t} by using a converter,
wherein x{t) is the function wvalue o¢f the
resulting left output channel at the time t, and
y(t) is the function value of the resulting right

30 output channel at the time t, characterized in
that the cited converter is an iterative
converter, wherein the g¢btainment 1is iteratively
optimized until «<x(t), yi{t)> 1is within a
predetermined definition range.

35

16. The apparatus as claimed in claim 15, in which
the converter is adjusted in order to iteratively

adjust the parameters ¢ or f (or, respectively, n)



mappi ng wi dth of the resulting pseudo-stereophonic signal by using the
possi bl e variation of the -38- degree of correlation (r) of such signal or
of an attenuation (A or p). 11. The nethod as clainmed in one of clains 1 to
10, 5 characterized by the additionalsgval uation of an existing stereo

si gnal which can be reproduced by a plurality of |oudspeakers. 12. The

net hod as clainegrinaongrochI@Hggﬂ_l<59“%g, 1Pt chariact gfiitzag bynche
addi ti onal application of conpression nethods or data reduction methods or
ot her sel ective ByafgherBinaet RbsNIE5CRUBRRISI gnal s. 1513. The nethod as
claimed in one of clains 1 to 12, characterized by the additional

conver si on of ghe qﬁ%ained st%reophoniﬁ out put. si Hgls;ﬂnéf stereq signal s
which are reprdduced By FHERE A HEn %0 T 8alEPeaker §7°28 114 FHE® nethod as
cl ai mred 5 n one ofndl AbpshdvioglBprobadiastechzadaby tfhe appaddtziog t her eof

to FM stereo si S. 5. oAn 3ppa Js. for,eb 'niﬂg% - §t.greophoni c
out put signals g??% éﬁﬁéé(tféby usiﬁgkgﬁggnfgftg?% erein x(t) 1s the
function val ue ofhamect} esahfli nghicef trsttlgutnThahh@nt at ChRBNELNe 9, and y(t)

is the function yahig, pinthe, reswl tidendl ghinPO0tneutputs changeh atr the time
t, characterized in that the cited converter 1s an jterative converter,
wherei n the obt aFRfreR®i$EePERr ST VRN y= Ot § Fl Zbd YRt P <x(t), y(t)> is

withinig predeternmned definition range. 35 16. The apparatus as clained in
clalm o, 0 WLoh 10 SAIPLLEL 45 SSLUBLALiNORLIBE Lealherau velY adlus
17, having normalization means for normalizing the
degree of correlation of the output signals x(t)
and y(t).
15
19. The apparatus as claimed in one of claims 15 to
18, in which the obtainment is iteratively
optimized by using criteria which are dependent on
l«x(t), y(E)>].
20
20. The apparatus as claimed in cone of claims 15 to
19, in which the «cited definition range 1is

determined by the user.

25 21. The apparatus as claimed in one of claims 15 to
20, having means for determining the «cited
definition range with greater constraint for

speech than for music.

30 22. The apparatus as claimed in one of claims 15 to
21, 1in which 0 is 1less than or equal to the
selectable limit wvalue R minus the selectable
deviation A, less than or'equal to the absolute
value, integrated over the time interval [-T, TJ,

35 of the sum of the above transfer functions for
x{t) and y(t), less than or egual to the maximum
of all reliefs, integrated over the time interval
[-T, T], of the sums of the above transfer

functions for available paired functions x;(t) and



-39- or a or puntil <x(t), y(t)>is within the predeterm ned definition
range. 17. The apparatus as clainmed in one of clains 15 5 and 16, having
normal i zati on means for normalizing the | evel of the nmaxi mnum of the
resulting left channel and the resultigtg ri ght channel or, equivalently,
for normalizing the axis length of the reference systemfor <x(t), y(t)>.

10 18. The appar@tys gt atpedebba®naurbed! &,MLdds tondd, ohaengl
normal i zati on nmeans for _normali zjng theggg re?l of . corr.el atilgn gf t he out put
tu f

signals x(t) and*§(Fhe 2gmithe"appar B g s i Sk F&Pms 15 to
&ﬁ, |hn whi gh t het it ai srendqusl | tey attiheel paopiatezed ahy Oskng 6rilteri a

ich are dependent on i<x(t), y(t) >1. 20..The apparatus cl.amed in one
of claims 15 to lriﬁe,glﬁt%ﬁi (?I)Sfef:het%?téélméef}%%rl on ra{ngé ilz]s’defsgrlg?ned by
the uses. 2521. fdearappar adisidsd dbai bied sauane bfotl afnshestesm 20, havi ng
means for determni t ci fipirti pReTange, Mg h gnRat ¢ir ceRat rai nt
for speech thanq#%?ﬂ%ugﬁg% §%§%P $heea par%tus as claf%éggin one of clains
15 to 21, in wiedens pEsshengymorlediis 1o ThecsBPbe¥abrénFLRtt val ue

R minus the sel ggtabl sndeybat ikqh)Aardess(thaanar te@ualedno thaiabsol ute
val ue, integrated over the t%ne interval [-T, T], 35 of the sumof the
above transfer feffetTHRTF & t) and y(t), less than or equal to the
maxi mumoof all reliefs, integrated over the tinme interval [-T, Ti, of the

sums of the abave tfansiSlafdneli o0sc10n8¥alhaghe BRI Eed:hunesi eas x(t)
22 having means for additionally ascertaining or
stipulating the mapping direction of a stereo
signal.

15
24. The apparatus for obtaining pseudo-stereophonic
signals as c¢laimed in one of claims 15 to 23,
characterized by means for additionally
stipulating the mapping width of the resulting
20 pseudo-stereophonic signal by using the possible
variation of the degree of correlation r of such

signal or of an attenuation A or of an attenuation

2.

25 25. The apparatus as claimed in one of claims 15 to
24 having means for additionally evaluating an
existing stereo signal which can be reproduced by

a plurality of loudspeakers.

30 26. The apparatus as claimed in one of claims 15 to
25, having means for compression or data reduction

or other selective evaluation of audioc signals.

27. The apparatus as claimed in cne of claims 15 to

35 26, characterized by one or more converters for
converting the obtained stereophonic output

signals into sterec signals which are designed by

more than two loudspeakers.



-40- y3(t) wth the total nunber p, less than or equal to the Iimt val ue
R* plus the deviation 8, less than or equal to the paraneter a, 0 a - 1,
integrated over the tine interval [-T, T], said 5 paraneter divided by the
square root of the term1 mnus the prpduct of the squared sine of the
argunent of the sum of the above conplex transfer functions for x(t) and
y(t) and the term lpmd niset Be suarHirpusl0 £3. cThenappranatys ag cl ai med
in one of clains 15 to 22 having neans for additionally ascertajning or
stipul ating the TEphHMhglditect{ontoFf BRIt 'S Phat tedSC 251 9%HkS appar at us
for obtaining pseudo-stereophonic signals as clainmed in one of clains 15 to
23, characterizedbyneansforadditionally stipulating the mappi ng w dth of
the resulting 20 pseudo-stereophonic signal by using the possible
variation of the degree of correlation r of such signal or of an
attenuation X or of an attenuation p. 2525. The apparatus as clained in one
of clainms 15 to 24 having neans for additionally evaluating an existing
stereo signal which can be reproduced by a plurality of |oudspeakers. 3026.
The apparatus as clained in one of clains 15 to 25, having neans for
conpression or data reduction or other selective evaluation of audio
signals. 27. The apparatus as clainmed in one of clains 15 to 35 26,
characterized by one or nore converters for converting the obtained

st ereophoni ¢ output signals into stereo signals which are designed by nore
than two | oudspeakers. -41- 28. The use of the apparatus, as clained in
one of clains 15 to 27, for processing FM stereo signals.



