1 Device and nethod for inproving stereophonic or pseudo-stereophonic audio

signal s The invention relateg to audio signals and apparatuses or
nmet hods for the generation, 5 transm ssion, conversion and reproduction
t her eof . It is general know edge that audio signals which are

emtted via two or nore | oudspeakers provide the |istener with a spati al
i npression, provided that they show different anplitudes, frequencies, tine
or 10 phase differences or are reverberated,aapropriat Met hods

ly. .
are al so knoWeWre canRdematitrd B8R0 1BRFAYLIRG: SEEREIR %%anPréudio

signal s which give tpgeudp-astseb8cphonitl eiwdisi gignalsese solutions to
this problemare used particularly in order to convert 15 nonophonic audi o
signals into audio signals which are suggestive of a real or fictitious

spatiality to the ?gé'ixbgﬂtﬁoﬁakélgEegiEEeBEBEo Rartiall yngorrel ated audio
signals is generated froma nono signal, thisis referred to as
"pseudo- st eppephsHypes 20EREER5EE0 LOThEeoweBeaRdtioGrbH) proposes the

formatipn of Adihfigsenh, KBS0k 18hoRakS HHNR IR ithitecd .gnal by nmeans
of filtering, which signals are used - for exanple by using a nmethod

proposed by Lauri dsen based on anplitude and tine difference 25
corrections, dependingsogehbealegabdinggsi tuati andioct @igeaarsate virtual

si ngl e- band stﬁreo siﬂn%ks separ telﬁ, t hese s§g§egy nt | beingiconbined to
formtwo ollPPGP &FGnSMS FEER2124488CaRE EPTE50650°kE8 & 5e PHY sy of 30
exanpl e, athet hadtkoernethbdiecabky ievaliogtriesgitne grglve.defd itheitdence f or

t he sound t t 4k id f: dnci C ei ng

encl osed nggﬂeSh&?ndngggeg%ogﬁpﬁgqﬁgggépﬁ%% %ﬁ he &ﬁ%%%??gnal axis for
t he sotthd pbaseedifiesebperagoichirey &€ VBYbappityEidngrneP rdisfiedivences and
anplitude corrections which are functionally dependent on the original

recordin )
g Methods are also known for converting a mono

signal into two different audio signals which give the
impression of a stereo signal. These solutions to this
problem are used particularly in order to convert

15 monophonic audio signals into audio signals which are
suggestive of a real or fictitious spatiality to the
ear. When a pair of different, partially correlated
audio signals is generated from a mono signal, this is

referred to as “pseudo-stereophony”.

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

25 corrections, depending on the recording situation - to
generate virtual single-band stereo signals separately,
these subsequently being combined to form two output

signals.

EP2124486 and EP1850639 describe, by way of
30 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



5 situation (which may be interpolated by using the system). The content of
EP2124486 and of EP1850639 is herebyR?ntroduced as a reference.

US5173944 (Begault Durand) applies HRITFs (Head Rel ated Transfer Functions)
which correlate with 90, 10 120, 240 and 270 degrees azi muth, respectively,
to the varyingly delayed but uniformy anplified nonophonic input signal,
the signals fornmed in turn being finally superinposed on the original nono

signal. In this case, the anplitude correction_and the ti di fference 15
corr ect i ondf aFechbsEAPABEpeREeRP Py ddFeFhé OPador S Rg ToTt F&S on.
Sone pseudgosh&r €6nBE8I CtBi gNBEsnghawni aeeaasgdapphgsingesime that is to say
distinctly ggrce tible tinme dbt%erences be%meen bot.h ch%%nels. Frequently,
the 20 degfebioFoRGPFePRti BRPHECWEEN CBEFACEASRRe'S 5 s65 s t oo | ow (I ack of
conpat i bi | ftyytoontddyhdghefdadesbnabhe pomgépgéncecpmwam@s a nono sound).
Foeudost ef eoROPDLE. (BHE Al A0ySHE $ARRARLEALHORY! BTRY fherefore show

ue to lacking

deficiéncies Or excessi Vv ecorrelfations 25 between the
enitted sigpnatem). The contenti eft RBREREAEanndi MEoEPLRE GidverdtSi on to sol ve

this problggrapy tarabhgBeat geapharkeehicac! udi ng pseudo- stereophonic)
signals or, conversely, to differentiate themto a greater extent. 30It is

another aimto inprove, to generate, to transmt, to convert or to

reproduce stereophppht7ands pseygeust epeophani epplidee HRFEal SHeBdscl osure of
the Inventjo ention. is,used t?a%%l%qt%h%%e probl ens
u

3 The_i nv
i nter aIiaRﬁgaﬁﬁﬁngrﬁ?SFﬁﬁ EgpgﬁépBFQ HBECBur 5648 dOwnst redm connect i on
of a pgnorandg podeandobidedepnean appanahus reespepséwedyst &oedheonver si on.

5PanoraniCv99§?R&gﬁgﬁ%?é§e&aé§?0§ﬁkEQQmﬁg??ﬂgﬁifﬁ%dpﬁﬁﬂ%%ﬁb%i%pntro'|er5)

are known per-se-c used intens Stereophoni c signals, that is
to say forispetesighghal shehpiandilsf épragdl dai Fary Peingr Fd Gl lvheir 1 evel s

but not ingtLEPBBEsEHMBn0EhBN8$€ginal mono signal. In this case,
the amplitude correction and the time difference
15 corrections are chosen independently of the recording

situation.

Some pseudo-stereophonic signals show increased
“phasiness”, that is to say distinctly perceptible time
differences between both channels. Frequently, the

20 degree of correlation between both channels also is too
low (lack of compatibility) or too high (undesirable
convergence towards a mono sound). Pseudo-stereophonic,
but also stereophonic, signals may therefore show
deficiencies due to lacking or excessive decorrelations

25 between the emitted signals.

It is therefore an aim of the invention to
solve this problem and to align stereophonic (including
pseudo-stereophonic) signals or, conversely, to

differentiate them to a greater extent.
30 It is another aim to improve, to generate, to
transmit, to convert or to reproduce stereophonic and

pseudo-stereophonic audio signals.

Disclosure of the Invention




10 differences or different frequency spectra. The circuit principle of a
known panoram c potentioneter is sho in FIGURE 1. The device has an input
101 and two outputs 202, 203 which are connected to the buses 204, 205 for
the group channels L (left audio channel) and R 15 (right audi o channel).
In the center position (M, both buses receive the sane level; in the side
positions to the left (L) and to the right (R), the signal is routed only
to the left bus or to the right bus, respectively. In the jnternediate

posi tions, a panorBie clP0eRot @t I DrEsed g oPRLER Flser HF??%?@ﬁces whi ch

Corr35p0nd1ﬁ@e£h@lgéf$§r§@én§0§fttﬁésogfehgﬁbp9aﬂb@npﬁ@pbééfam t he sound
st age attenuation c he Ieft channe

and t he rlﬁﬁYHEEEﬁ%%IC%@“%@Ehﬂ%r8§13 @%HBB?@ﬁF|8ﬁ£?8FlRF?%86t *8n ext ended

stereo w dih sppgeatasdfoorpespdodshgraappongeangbes. I n the center
position, the attenuation in each channel is 3 dB, the acoustic convol ution
t hereby produci ng the sane perception of |evel as would be with only one
channel5 30 in the Rampranpospotentiometers (Phporaad tePobPent PeRBters, as

t hey repreéf”%aﬂ@k%ﬁﬂ? Qbﬂt981§er§§eaﬁglﬁno®ﬁr Lpskanggd heedistai bute the
| eft channe erent, selectable ratio ?o t he resultlngaleft out put

and to t hefPBstnEeRgLEY ghteBeOBLPPLE FLARRLSoubPatsIar ECaP8y¥ EQFI ed buses)

or in the séeﬁ@@EsM@ﬂaI@ Whethi Buteethexeigbivebannal tepma diff ferent,
selectable ratio to i e sane Jeft ane right output (the

same busesiReThet8781E, PFh TRE tds e5$ |ﬂ?eﬁ§??yo§t85388honlc signals, the
5 mapfiong oM fifdreacebeonadi Hfedenandfrbqudncgcspentod . slibk sigralis can be

e o REpCLRLS oh ' £885n OhaRAFHDE SLELEADNANLE S 9aaLACuHN! oh make

use of ti ifference réguency spectra or
rever ber at innF{GARE al soThe @#eice baseanf iBPeEed0&i ghdl §Wef such kind in

general ), Sych.parsem nQOﬁ’fwa]@hr@PQ' BOnNEEE ByOE oShhbt bagegf 2b|21€ mappi ng
direction are not €053| u5|ng a_panorani ¢ potent|onﬁ Aﬁfl|cat|on
of panor an? @S pbPEn h%n%%%?% ?Bagﬁﬁ sshghafsti augher erapee un&&ﬁe ally

di sreqar degril§nht ndeagdedtNannel). In the center position (M), both
buses receive the same level; in the side positions to
the left (L) and to the right (R), the signal is routed
only to the left bus or to the right bus, respectively.
In the intermediate positions, a panoramic

20 potentiometer produces level differences which
correspond to the different positions of the phantom

source on the sound stage.

Figure 2 shows the attenuation curve for the
left channel and the right channel of a panoramic
25 potentiometer without an extended stereo width range,
and corresponding mapping angles. In the center
position, the attenuation in each channel is 3 dB, the
acoustic convolution thereby producing the same
perception of level as would be with only one channel

30 in the L or R position.

Panoramic potentiometers, as they represent
voltage dividers, are able, for instance, to distribute
the left channel in a different, selectable ratio to
the resulting left output and to the resulting right

35 output (these outputs are also called buses) or in the



In line with the invention, however, it has been unexpectedly - and
contrary to experience to date - foung that the previously unknown
downst ream connecti on of a panoram c potentioneter downstreamto a 20
circuit for pseudo-stereo conversion affords unexpected advant ages.

Al t hough such downstream connection cannot result in the aforenmentioned
narrow ng of the mapping width or in the shifting of the mapping direction
of the stereo signals obtained, the degree of correlation 25 between the
left signaPamAdweketei ghetsignhP SRR BeIhAcFBaBBALloiNePse |owered in this

way by US'HgfﬁéQQn@ PaBeQEafkE1pOkaaE boRBt €he same leftl Buepeatpaaterred
enbodi nent

g ectlve anorg ﬁ Qghentlone i cgﬁnec%ed downstreamto
the 30 Ief#ooE BuFBRdT LY th8UrPYht GUEpaE Gf Pﬁgs ir 8F bt ai ning a
pseudo- st et pophencessi ghalinténstihiysstasepphbaibuségnefishothepanoram c

potentugnete B%ﬁrewgdggeégglgFuggggﬁgghegkavghg and.prefarakl w gentically.

s arrangenen anoram'c pofentioneter has an input
and t wo ouSpgnslSThenlhpu@hmftadfirst panorani ¢ potentionmeter is connected
to a first output of the circuit, and the input of a second 5 panoramc

potentioneter is connected to a second output of this circuit. The first
out put of the firstnpahoraase %gtEﬁ??%ﬁe?%?r?ngBHhécFéﬂn? Sthe first

out put of {hecreraRE paBOLANMtEmpObenphaset ak £ féhensesondigitpehtof the
first panoramc gotentlo ter is 10 onngcted to chFsecon output of the

second panbF&fHENGSt SREFbABt 8F . TeVerberatappo (AR ¢&PY &Rd “Bfui val ently,

r at herl® hanassi aff paapeanstgpefienbifosetkr gintthéndggneeadd , cencél ati on can

2l o0 De_adlusLef Y 45! AcanLhitholis ALECUL! chorepasude- ghereo conver s on

havi ng an and an a connected upstreamto the M5 matri X,
for anplifypipging dhpectipgnakef pptt ReskbbAat byxustRbsabrpA§rafficCeved

Wi thout a ﬁéﬁgﬁéﬂbﬁeggkenAbBﬂ?Egﬁ1OEQHEV?E§BEaﬁQbU§BH§HE1@&ek@%sdegree of
20 correlation can therefore b | enen f ewer  conponent s

Al ternati vEPySURl 84aNIAFehE| 9heF§{fﬁé? FH&Ha{%Pﬁ@léprﬁéFSHiaEded

pot entigonet grentibg1gdegree of correlation can also be varied by using a
second 25 circuit, this being achieved with a nodified M5 matri x which
contai ns an adder and a subtractor in order to add or subtract,
respectively, inputnsigmaleit{M tisy, imhechiane hespeeti vetyhaaplified by

predet er m pedy, faﬁggﬁéctgg%grdegn&ocgﬁE§g@ ec8l dagbs uhbeh.dr e S0 1 dent i cal

to the bus signal's anoram c potentioneters qui val ent adj ust nent
of the degdeeeof found that the previously unknown downstream

connection of a panoramic potentiometer downstream to a
20 circuit for pseudo-stereo conversion affords unexpected
advantages. Although such downstream connection cannot
result in the aforementioned narrowing of the mapping
width or in the shifting of the mapping direction of
the stereo signals obtained, the degree of correlation
25 Dbetween the left signal and the right signal can be
increased or else lowered in this way by using such a

panoramic potentiometer.

In one preferred embodiment, a respective
panoramic potentiometer is connected downstream to the
30 left output and to the right output of the circuit for
obtaining a pseudo-stereophonic signal. In this case,
the buses of both panoramic potentiometers are
preferably used collectively and preferably
identically.



correlation can therefore be inplenented with even fewer conponents.

6

repr oduced by nore than two Ioudspeakgrs (for exanple surround sound

systens belonging to the prior art).
Vari ous enbodi ments of the present
exanpl e below, with reference being made to the foll ow ng draw ngs:

1 shows the circuit principle of a known panoram c potentioneter.

shows t he

of a panoranic potEntFohet2FrangdBeRt ancaKR AYRIT3FEFe0 wi dt h range,

COVrespondeQeHQPQMQQeﬁnﬂégsan Eh
15i nventi on whi ch, respective

channel

enbodi nt
|nvent%?
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15

20

25

30

35

rief Description of the Figures
i nvention 5 are described by way of

FI GURE
FI GURE 2

attenuation curve of the 10l eft channel and of the right channel

and

ddstevsoatputst ensodhpast of the
d the right

_ ofe@uff?ﬁb PRRAT EREC MRO ?F%?Wﬁgeﬁrése88ﬂn?8 e? 8 Panor ami ¢
potentuoneferst0®uﬁphtecf|vaebu$esuLtandn& tRO- ikb@JREf4ashewend second

o oL hg: ENYERLL LN FLOVURE 3.5HOWE8 LBi hdserbadi BRRbuef the

of this circuit. The first output of the first
panoramic potentiometer is connected to the first
output of the second panoramic potentiometer. The
second output of the first panoramic potentiometer is
connected to the second output of the second panoramic

potentiometer.

Alternatively and equivalently, rather than
using panoramic potentiometers, the degree of
correlation can also be adjusted by using a first
circuit for pseudo-stereo conversion having an MS
matrix and an amplifier, connected upstream to the MS
matrix, for amplifying an input signal for the MS
matrix, this being achieved without a panoramic
potentiometer. Equivalent adjustment of the degree of
correlation can therefore be implemented with fewer

components.

Alternatively and equivalently, rather than
using a panoramic potentiometer, the degree of
correlation can also be varied by using a second
circuit, this being achieved with a modified MS matrix
which contains an adder and a subtractor in order to
add or subtract, respectively, input signals (M, S),
which are respectively amplified by predetermined
factors, in order to generate signals which are
identical to the bus signals from the panoramic
potentiometers. Equivalent adjustment of the degree of
correlation can therefore be implemented with even

fewer components.

The invention can also be applied to

apparatuses or methods which generate signals which are



FI GURE 6 shows a fourth enbodi nent of the 25invention with a circuit which
is equivalent to FIGURE 3 having a slightly nodified M5 matrix, which
renders direct downstream connection of panoram c potentioneters
superfluous. 7 FIGURE 7 shows a circuit which is equivalent to FI GURE 3
or FIGURE 6, provided that the relation ? = p is true for the inversely
proportional attenuations ? and p of the Spanoram c potentioneters shown in
FIGURE 3. FIGURE 8 shows an enhanced circuit based %n FI GURE_7 for

nor mal i zi n§ePRaIPEed| LB neRe Bheputsi §RUFSPERERTEN TRE REEFPES FI GURE 9
shows an exappbanaf sauslr systemBi BBlodgasganoenhanpetent ate) Fl GURE 8, maps
given signals x(t), y(t) as the sumof the transfer functions f*[x(t)] =
[x(t)/4* (-1 + i) and g*[y(t)] =[Y(t)/4 2] * (1 + i) on the conpl ex nunber
pl ane. 15- FlI GURE BPfisfiodssthipekanpbé bheaFtgncest which, as an
enhancenment to FIGURE 9, stipulates the mapping width of a stereo signal.

FIGURE 11 shows an exanple of an input 20circuit for an already existing
stereo signal Various embodiments of the present invention

5 are described by way of example below, with reference

being made to the following drawings:

- FIGURE 1 shows the circuit principle of a

known panoramic potentiometer.

- FIGURE 2 shows the attenuation curve of the
10 left channel and of the right channel of a

panoramic potentiometer without an extended

stereo width range, and corresponding mapping

angles.

- FIGURE 3 shows a first embodiment of the

15 invention, in which, respectively, the left
channel L' and the right channel R' resulting
from the MS matrixing are each fed to a
panoramic potentiometer for collective buses L
and R.

20 - FIGURE 4 shows a second embodiment of the

invention.

-~ FIGURE 5 shows a third embodiment of the

invention.

- FIGURE 6 shows a fourth embodiment of the

25 invention with a circuit which is equivalent to
FIGURE 3 having a slightly modified MS matrix,
which renders direct downstream connection of

panoramic potentiometers superfluous.



L, Rprior to transfer to a circuit as shown in FIGURE 12 (for determ ning
the localization of the signal) which-maps L, that is to say 1(t), and R
that is to say r(t), as the sum 250f the transfer functions f*[1(t)] =
[I(t)/'] 2] * (-1 +i) and g*[r(t)] =[r(t)/4 2] * (1 + i) on the conpl ex
nunmber pl ane. FI GURE 12 shows a circuit for determ ning the |ocalization
of the signal, the inputs of which 30circuit may be connected to the
outputs in FIGURE 10 or to the outputs in FIGURE 11, 8 Detajled
description of vari FURSWEHDOUI TRANS BFCHHE S EER et t@FUbf2t#RE i nventi on

Figures 3 to 5 shaw vwardurs 2@ IS ©f previded ttlegeotitd ng to the
invention in which 6315 .resF}ﬁc_ti Ve panora 1 C patenti ometegtr 311 and 312, 411
and 412, 511 and 51235 ¥brhécted i Ir%Prdo fstreamto a

pseudo- conver si on wiowuitti G0, A0Grarmk 5R% ¥ espal iofelghe I n each exanpl e

shown re, the pse - CO. i Cl if.3 40 @%Ecyrrprises a 10
circui '?’ehavi ng anﬁ%%%aﬁqﬁn%%%&ﬂ%{%%%log%%n esggr;]f%e in EP2124486 and
| i kewi se in EP1850639. Thi s panoram c potentioneter 311 and 312,
411 and 412, 511 ahdFBARR & deowseh tenhancedsel ngul ovierseheonlegr ee of

correlation of th tj ng buses 304 404, 504 and R 305, 405, 505.
Accordingly, the %e#%zjnrﬁgaﬁfr Lno%@lw%%bez e h%grt?r(}g%t channel R
303, 403, 503 reswdigig f9ipdhe Momedthd xinmageited to a respective
panoram ¢ potentioneter for collectively used buses L and R 20If the

attenuationfor the left input signal
- FIGURE 9 shows an example of a circuit which,

10 as an enhancement to FIGURE 8, maps given

signals x(t), y(t) as the sum of the transfer
functions f£'[x(t)] = [x(t)/V 2] * (-1 +
1) and g [y(t)] = [y(t)/N 2] * (1 + i) on the

complex number plane.

15 - FIGURE 10 shows the example of a circuit
which, as an enhancement to FIGURE 9,
stipulates the mapping width of a stereo

signal.

~ FIGURE 11 shows an example of an input

20 circuit for an already existing stereo signal
1L°, R° prior to transfer to a circuit as shown
in FIGURE 12 (for determining the localization
of the signal) which maps L°, that is to say
1(t), and R°, that is to say r(t), as the sum

25 of the transfer functions £ [1l(t)] = [1(t)/V 2]
* (-1 + i) and g'[r(t)] = [r(t)/N 2] * (1 + i)

on the complex number plane.

- FIGURE 12 shows a circuit for determining the

localization of the signal, the inputs of which
30 circuit may be connected to the outputs in

FIGURE 10 or to the outputs in FIGURE 11.



L' for the panoram c potentioneter 311, 411 or 511 and the attenuation p
for the right input signal R for the8panoranic potentioneter 312, 412, 512
with a stereo signal 302 and 303, 402 and 403, 502 and 503 resulting 25
froman apparatus 309, 409 or 509 is limted to the range between 0 and 3
dB, the inversely proportional relations 121/4.0 30and 1p0 9 may be

i ntroduced (where 1 corresponds to the value O dB and O corresponds to the
value 3 dB). and p therefore correspond to the inversely 5 proportional
attenuations of theehahbedndespbiphiPBnefeVar SABGNCTRCELIRERES3°E0 FI GURE 5,
limted to the ranggebetmeent Onanded EB. the inventibgrefore, the follow ng
relations are obtained for the resulting stereo signals (buses) L and R
(304 10 and 305, 404 and 405, 504 and 505) and, respectively, the output
signal s L" 313, 418igbidsabdt®'5338owsitdridid émbodihenpanofasai c
potentioneter 311, 411 1 nd, i he. . sigpal gLy’ 315, 415, 515 and
R 316, 4%?0%1% ??S%rgﬁ%%pgﬁoFéﬁ’i %Rggﬁg% Romd: g?‘l%}i‘z,a 412, 15512: (1) L =
L" + L'S =rdsp¢dtiva)pandrami poétenpjompder 311 and 312, 411 and

412, 511 and 512 is connected directly downstream to a

pseudo-conversion circuit 309, 409 and 509,
respectively. In each example shown here, the
pseudo-conversion circuit 309, 409 or 509 comprises a
10 circuit having an MS matrix 310, 410 or 510, as
described in EP2124486 and likewise in EP1850639.

This panoramic potentiometer 311 and 312, 411
and 412, 511 and 512 can be used to increase or lower
the degree of correlation of the resulting buses L 304,
15 404, 504 and R 305, 405, 505. Accordingly, the left
channel L’ 302, 402, 502 and the right channel R’ 303,
403, 503 resulting from the MS matrixing are fed to a
respective panoramic potentiometer for collectively

used buses L and R.

20 If the attenuation A for the left input signal
L’ for the panoramic potentiometer 311, 411 or 511 and
the attenuation p for the right input signal R’ for the
panoramic potentiometer 312, 412, 512 with a stereo
signal 302 and 303, 402 and 403, 502 and 503 resulting

25 from an apparatus 309, 409 or 509 is limited to the
range between 0 and 3 dB, the inversely proportional

relations

30 and



(2) 20Figure 6 shows a further enmbodinment with a circuit equivalent to
FIGQURE 3 having a slightly nodified matri x, which renders direct

downst ream connecti on of panoram c pofentioneters superfluous. Taking
account of the equival ences of the M5 matrixing 25L" = (M+ 5) * and R =
(M-'S) * 1/42, the following relations are obtained: 10 (1) L =[M(2 +
-p) +S(?+p)ll/2-4 -2 (2) R=[M(2-+p) - S(? +p)] * 1/2g 2

This allows the signhals on the buses L and Rto 5 be also derived directly
fromthe input signals Mand S for the M5 matrixing circuit. If X

th t t d h I
(he 1ol Loung Dol St bnaoaed” (MIEr=Th 57 ToseonRs 5ol el v B i " R (-

? * ) * 1p-¢gBjard PheoyaePReNes A tth@ HApPPt HdEBof the

A and p therefore correspond to the inversely
5 proportional attenuations of the panoramic
potentiometers shown in FIGURE 3 to FIGURE 5, limited
to the range between 0 and 3 dB.

Therefore, the following relations are obtained
for the resulting stereo signals (buses) L and R (304
10 and 305, 404 and 405, 504 and 505) and, respectively,
the output signals L'’ 313, 413, 513 and R’’ 314, 414,
514 from the panoramic potentiometer 311, 411, 511 and
the output signals L’’’ 315, 415, 515 and R’’’ 316,
416, 516 from the panoramic potentiometer 312, 412,
15 512:

(1) L =L'" +L'"" =% * L' (1 +A) +3¥*R (1 - p)

(2) R=R'"T 4+ R’ =123 * L' (1 - A) +3» * R (1 + p)

20 Figure 6 shows a further embodiment with a
circuit equivalent to FIGURE 3 having a slightly
modified MS matrix, which renders direct downstream
connection of panoramic potentiometers superfluous.

Taking account of the equivalences of the MS matrixing

25 L' = (M + 8) * 1/N 2
and
R = (M - 8) * 1/ 2,

the following relations are obtained:



15 signal S is equivalent to the downstream connection of a respective

panoram c potentioneter for identi calmattenuati on in the left channel and
in the right channel. Under these assunptions, the output signals L and R
correspond to the bus signals L and Rin FIGJURE 203. Therefore, a circuit
or a nmethod is obtained showing the formin FIGJRE 6, for exanple (trivial
nodi fi cati ons being possible), which forns a conposite signal fromthe M

signal, anplifi by_t he tor (2 +.25 2 -,.p), dih jgnal, anplified
by the factor (gﬂ p%‘,_am{ia( s+o7‘a_dipf)fé”r gnc(é‘ gi Bﬁil th/c‘ﬁ\/I%S conpiled from
the Msignal, anplified by the factor (2 - ? + p), mnus the S signal,

anplified by the factor (? + p), '- with correction by the factor 1/2-\/ 2
needi ng to be 3Q2perkoen@d @ver al I+ i or der(M o phiain Blgﬁa’d s L and R
equivalent to formulae (1) and (2). 11 FIGURE 7 shows a circuit

equival ent to FlI CURELS ahtlows GURE S§igpabdyi dedthbhabuthe Eekati 8nship X = p
is trug foy t in . {,0 a nuat.i.ans . t ke
panor ami ¢ 55t ShEoterLredBLEReE VP Ape e SRRk S B BTE BB T ot e
confused with the MPrmagehrshngkadwAuttom i ntensity stereophony (M5

m crophone technique) for altering the recording or opening angle (which
does not take place here!). In this case, it |s assuned iILh t uni form 10
attenuation for prbboked PalRFanFTPotereiodetersiortiddiffed M5 matrix, as
just illus¢rahedl asdfigquest kygeuf thahaet)forhal ifgnipgieg differentiating
stereo signaLs . Wien_ X = ?ﬁ t he apparatus just illustrated is then
sinplified"®h2th@"Badf§ EFU€he above formulae (3) 15 and .(4) according to:

10 (3) L= (M+A=*3S8) *1/N2

(4) R= (M- A *8) * 1/N2

It

i.e. the variation in the amplitude of the
15 signal S is equivalent to the downstream connection of
a respective panoramic potentiometer for identical
attenuation in the left channel and in the right
channel. Under these assumptions, the output signals L
and R correspond to the bus signals L and R in FIGURE
20 3.

Therefore, a circuit or a method is obtained
showing the form in FIGURE 6, for example (trivial
modifications being possible), which forms a composite
signal from the M signal, amplified by the factor (2 +

25 A - p), and the S signal, amplified by the factor (A +
p), and also a difference signal which is compiled from
the M signal, amplified by the factor (2 - A + p),
minus the S signal, amplified by the factor (A + p),
with correction by the factor 1/2V 2 needing to be

30 performed overall in order to obtain signals L and R

equivalent to formulae (1) and (2).



(3) L= (M+?2*S) * 1/42 (4 R= (M- ?2* 95 * 1/4 2 20 which is
equi valent to sinple anplitude correcfjon of the S signal (717).

Such anplitude correction for the S signal has been known to date only for
the classical M5 m crophone 25 technique and in the ideal range results in
the alteration of the recording or opening angle in that case, which does
not take place here. A transfer of the same action principle is not

possi bl e (and an agglication of the M5 m crophone_technique to the 30
present circuit is"He¢RFdi nghg" Aot BbYFBE)SIuRFalent to FIRUREGIRE 7, the
S signal igntheretrrespdgirbironabl yhagpkhti ed1byivhentipchor 8 (& = ? = 0)

prior to fjnall assi th h the M5 matrix. Th | ti t i I
5. oqui val bt 5o B Be KoL PERdl BP SR T AR 3052 h CRPEERES. 2468 Tand 405 1 n
Fl GURE 4_apdoﬁouhanpaﬁﬁﬁamhcFpﬁtEEt5omeFeuaiEbownaﬂneﬁ@éURBn3apd to the

out pUt SSI g@ﬁﬁfhcﬂpgu&' th{l%]ﬁtoﬁbagr eghgggehthEgthel s true int hat case.

I n practice, s crrcurt or 0d can be use O to exactly stipulate the
degree of @braepamenh, knoen fhemeipseasdtivestefrgrehiranal(Meel ati onship

bet ween thﬁiéiégﬁaaéiegcﬁnﬁadesh%ogegaeerahgc@h@e&@hbgaihg ber which

ideally 15 foun _
opening angle (which does not take place here!).

In this case, it is assumed that uniform
10 attenuation for proposed panoramic potentiometers or
modified MS matrix, as just illustrated, is frequently
sufficient for aligning or differentiating stereo
signals. When A = p, the apparatus Jjust illustrated is
then simplified on the basis of the above formulae (3)

15 and (4) according to:

(3) L =(M+A*S) * 1/N2

(M - A *8) * 1/N 2

S
)
I

20

which is equivalent to simple amplitude

correction of the S signal (717).

Such amplitude correction for the S signal has
been known to date only for the classical MS microphone
25 technique and in the ideal range results in the
alteration of the recording or opening angle in that
case, which does not take place here. A transfer of the
same action principle is not possible (and an
application of the MS microphone technique to the

30 present circuit is accordingly not obvious).



0.2 <r <0.7is true. For ?, a series of experinents has 0.070.46 to be
favorable for nost applications. 20l4p particular, artifacts (such as
disturbing tinme differences, phase SFF% or the like) can be elimnated
wi thout difficulty by using this apparatus or nethod, whether manually or
automatically (algorithmcally). 250n the basis of the equival ence of
domnstreanlp?noaanic potentioneters mﬁth uniforn1attenuation and anplitude
correction of the nal by the facto ? 0 rior to final M5
matrixing, it is tﬁ%r%? %ssFB?e Blﬁﬁﬁ?e%ﬁ EBﬁ%?ﬁBF%gp

pseudo- Steé@@@BQBMaﬁ@ywémpmlfQthb§ baé|$aatokha Qti gi hak opno signal,

grants the |ist h | b I
processi ngP Bégfg s &hPngyﬁﬁagﬁihégFP3OH§|anfhﬁﬁg% héiégﬁg§F|b3f|F§S;nd

avoi di ng dresulbnng aterbactsgnal is equilWhdeappératts bas be used in
Lol epnany. o] hafXaBk CanktabBe A 3c0RaPROT 8081 ARA 4D3S PFACHRE N0 Of 5

audi o Si gn2 Re arba o uality el ectroni c .consumer
goods, thed4adnfobOdhied ﬁ§5eXﬂrEﬁ€U§ESﬁn§Pé Bod ferm eteéRNURRAN ng.

and to the output signal L and R in FIGURE 6, provided

that A = p is true in that case.

In practice, this circuit or method can be used
10 to exactly stipulate the degree of correlation, i.e.
there is a direct functional relationship between the
attenuation A and the degree of correlation r, for

which ideally

15
is true. For A, a series of experiments has
found
0.07 £ A £0.46
to be favorable for most applications.

20 In particular, artifacts (such as disturbing
time differences, phase shifts, or the like) can be
eliminated without difficulty by using this apparatus
or method, whether manually or automatically
(algorithmically).

25 On the basis of the equivalence of downstream

panoramic potentiometers with uniform attenuation and
amplitude correction of the S signal by the factor A (1
> A > 0) prior to final MS matrixing, it is therefore
possible to achieve convincing pseudo-stereophony

30 which, on the basis of the original mono signal, grants

the listener a comprehensive, albeit extremely simple,



Narrowi ng or expanding of the mapping width For this application, the
addi tional use of 10 conpression alggrd thms or data reduction nethods which
are part of the prior art or the consideration of characteristic features,
such as the mininma or maxima for the pseudo-stereophonic signals obtained,
is recommended in order to speed up evaluation thereof in 15 accordance
with the invention. O particular interest (for exanple for
reproduci ng stereophonic signals in autonobiles% if t he subsequent
narr owi ng BPSexPEAErREIRY PREIARPPIRGIGi GrRdBReRh %Ye?@6ngﬁéﬂépgobtained
by using tige seeepht €b20ivarsadi ehoofiihheddeguening aotiehatson r of the
resulting stereo signal or, respectively, the attenuations ?or else p (for
forming the resulting stereo signal). The previously determ ned paraneters
f_(ori rﬁspeptiveI%nim)aywéxﬁmmﬁscambbetheediiectébﬁ@thB,pé@tern of the
signal that_i r e sfer L€ e I =t QD
ascertaine%xﬁﬁﬁ%gfI§no€H%y£§%?r%foggg?ggﬁg?gégdpggetﬁéoégfﬁaggigfand t he
sound Sourzedioheignatstopuslsef inoplni Ageangfelaghnguehetvictitious right
openi ng angj £-Pr5AN:bEof SRk PeFobBs 30t hBi §ifase, wADEhi Lsmakes sense that
now only final anplitude correction is necesaﬂégg for exanple as per 14

t

the | ogi c @F¥eRene 1201 7R1 &) eREe B 16 80 F dBA™ hi s narrow ng or

expandi ng of the mapping width is perforned manually. 5If this is intended
to be automated, sgiifSwOigPSYCH85048hE CoeXPREI MBpbSnghedthat a constant
mappi ng

For this application, the additional use of
10 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-stereophonic signals obtained, is
recommended in order to speed up evaluation thereof in

15 accordance with the invention.

of pérticular interest (for example for

reproducing stereophonic signals in automobiles) is the
subsequent narrowing or expanding of the mapping width
of the stereo signal obtained by using the specific

20 variation of the degree of correlation r of the
resulting stereo signal or, respectively, the
attenuations A or else p (for forming the resulting
stereo signal). The previously determined parameters £
(or, respectively, n) which describe the directional

25 pattern of the signal that is to be rendered
stereophonic, the angle ¢ - to be ascertained manually
or by metrology — enclosed by the main axis and the
sound source, the fictitious left opening angle o and
the fictitious right opening angle P can be retained in

30 this case, and it makes sense that now only final

amplitude correction is necessary, for example as per



wi dth for stereophonic output signals x(t), y(t) or conplex transfer
functions thereof 10(5) ek(t)] = Ex(tf 4* (-1 + i) (6) g*LI(t)1= [y(t)/4
Z.] * (1 +1i) is essentially dependegt on the criterion 15 (7) 0 lc_ S*- E
5 mx IRe f*[x(t)] + iiiy(t)] h s*+ 6 <1 and also on the criterion 20 (8)
0 < U- xMIx(t)] + gly(t)] }I dtu+ x -T 25 (where S* and e or,
respectively, U* and x need to be stipulated differently for tel ephone

signal s, Tofe exagpl a1 LA P50 MR FTEGREN 8] NGRYy1AEQOLARRTLY ST 1S nOW

necessary m ne only sul unction values x(t), y(t) which are
dependent martbdeidggoeeexpad3dicorofl aheonappofigt edtksubsti ng st ereo signal
or, respectivgl%g[h gn t he tenuations X or else p (for the formation of the
resul ti ng BEEFU"ST ghatY2otYon a logic el ement 120 in FIGURE 8, in
accordance with an 15 iterative operating principle which is based on
feedba%k. The arrangenment according to the invention can

If this is intended to be automated, series of
psychoacoustic experiments show that a constant mapping
width for stereophonic output signals x(t), y(t) or

complex transfer functions thereof

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

il

10 (5) f£[x(t)]
(6) g'Iy(t)] = [y(t)/N 21 * (1 + i)

is essentially dependent on the criterion

15
(7) 0 < S'- ¢ < max |[Re 1£7[x(t)] + g’[y(t)] tl
<S'+e<1
and also on the criterion
20
T
(8) 0 < U- x < A [x(t)] + g'[y(t)] ¢l dt < U'+ x
=T

25 (where S* and & or, respectively, U" and x need to be
stipulated differently for telephone signals, for
example, than for music recordings). Accordingly, it 1is
now necessary to determine only suitable function
values x(t), y(t) which are dependent on the degree of

30 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 on a logic

element 120 in FIGURE 8, in accordance with an



5 accordingly be enhanced as follows within the context of an arrangenent,
for instance, of the formshown in FI.@QURES 8 to 10: An output signal
resulting froman arrangenent as showi 10 in FIGURES 1 to 7 is in this case
anplified uniformy by a factor p* (amplifiers 118, 119 in FIGJURE 8) such

t hat the maxi mrum of both signals has a | evel of exactly O dB (nornalization
on the unit circle of the conplex nunber plane). By way of exanple, this is

achieved b e d : apnectian of : Q0. selepgnt 120 which
varies or %E%?%& getgéggéﬁﬁgggégggegbigfWgagﬁagglF%Fers 118 and 119 via the
f eedback | pepabi2k.and 122 until the maxi mum|evel for the |eft channel and
for the right channel is 0 dB. 20 In a further step, the resulting signals

x(t) (123) and y(t) (124) are now fed to a matrix in which, follow ng

respectivergapbi-tLrgbhent byctBeqfagt @6 £h42;haapkhbheesn229, 230 in FI GURE
9), they are split into a respective 25 identical real and imaginary part,
with tHe reatopdinglyrhedehhancedeasi §paloxet Vithapl thregoBfeHeans of 229,

ddi ti | | i th h th LEi 1. wit [ .act -1.
Ther ef or e, ¥ et AERAPEFREL Bt FaRs SAESTFEr xOE) FIE' Eopth <FRd 185 %1 o)
16 (6) o*rfgukEy] s=tbyfdb} / 42] * (1 + i) are obtained. 5 The respective

real and imaginary parts are now summed and therefore produce the real part
and the imagi nary part of the sumof the transfer functions f*[x(t)] + g*

10 An arrapge far @RoknSn! agi-angbaBRAL 284@hoanFl GURE 10,
now needs gg ggeggﬁngggggﬁggégg??zgﬁl mﬁichnarranggnent cﬁecks, Pbr alimt

val ue 1 - isuFf&BRESsel ot @dibyinhthiserawet Ampédpéet voifkamdappi ng w dt h
of the stereo signal that is to be 15 achieved - or a sujtably sel ected
devi ati on BY- 2p&eRtaEf Pnd@mpy ifiensnddFal ity @A FLGHRE Her S condi ti on

(7) 0 = SﬁthStthBXm£§§m8£Xé%)Lothgéxghéhs= 525 8 TeledOof exactly
0 dB (normalization on the unit circle of the complex
number plane). By way of example, this is achieved by

15 the downstream connection of a logic element 120 which
varies or corrects the gain factor p’ of the amplifiers
118 and 119 via the feedback loops 121 and 122 until
the maximum level for the left channel and for the
right channel is 0 dB.

20
In a further step, the resulting signals x(t) (123) and
y(t) (124) are now fed to a matrix in which, following
respective amplification by the factor 1/+2 (amplifiers
229, 230 in FIGURE 9), they are split into a respective

25 identical real and imaginary part, with the real part
formed from the signal x(t), amplified by means of 229,
additionally passing through the amplifier 231 with the

gain factor -1. Therefore, the transfer functions
30 (5) £ [x(t)] = [x(t) / 2] * (-1 + i)

and



is nmet. If this is not the case, a feedback | oop 641 is used to determ ne a
new optim zed value for the degree offgorrelatlon r or, respectively, the
attenuations X or else p (for the fornatlon of the resultlng stereo 25
signal), and the previous steps just described, as illustrated in FI GURES 8
to 10, are perforned until the above condition (7) is net. The input
signals for the logic elenent 640 are now 30 transferred to an arrangenent,

for exanpl ased_on t 0 42 i.n FI GURE 10. Such arrangenent
finally anZ?gzeg {%ét}ﬁr‘ ¥9%§ ?hggfuncqléhjg[x(t)] + 17 g*[y(t)] for the
pur pose of optim zing the function values in terns of the mapping w dth of
the stereo signal that is to be achieved, the user being able to suitably
sel ect theakeénpbtgahad. Urand the deviation x, 5 both defined by the
inequality (8), with respect to the mapping width of the stereo signal that
is to be achieved. Overall, the condition (8)0 _5 U*- Ic 5 Jinx (t)] +

g*[y(t)g dtthie t@spustibe rehl hﬁdthmaghﬁangtpaheScase nawf eedbadk | oop 643
is used to determine a new gptim zed val ue for ge egree of correlation r

or, respec@?@eF?er?éPr?hEragPéﬁuéPFoﬁga% B?rEI§B ?oﬁm?ﬂé NAG¥mati on of
the 15 resul i ng.stgceo, 5l gal), 0d e, PEgylous, 51 95, U5) feger i bed. as

to"1 are per unt ef of the
function ekx&gh].+

10 An arrangement, for example based on the logic element
640 in FIGURE 10, now needs to be connected downstream,
which arrangement checks, for a limit value s" -
suitably selected by the user with respect to the
mapping width of the stereo signal that is to be

15 achieved - or a suitably selected deviation g - both
defined by the inequality (7) - whether the condition
(7) 0 < S'- & <max |Re {£[x(t)] + g’ [y(t)] | < S™+ ¢ <
1

20
is met. If this is not the case, a feedback loop 641 is
used to determine a new optimized value for the degree

of correlation r or, respectively, the attenuations A

or else p (for the formation of the resulting stereo
25 signal), and the previous steps just described, as
illustrated in FIGURES 8 to 10, are performed until the

above condition (7) is met.

The input signals for the logic element 640 are now
30 transferred to an arrangement, for example based on the

logic element 642 in FIGURE 10. Such arrangement

finally analyzes the relief of the function f[x(t)] +



g*[y(t)] satisfies the desired optim zation of the function values with
respect to the mapping width 20 taki account of the limt value U and

t he deviation K, both suitably chosen by the user. In terns of
the mapping width - determ ned by the degree of correlation r or,
respectively, the 25 attenuations ? or else p (for the formation of the
resulting stereo signal) - the signals x(t) (123) and y(t) (124) therefore

correspond fo th ecifications by_the user,and_represent the output
si gnal s L*g[Xﬁ&)iﬁgg¥rB??tﬂ%r%??%négn%BYlﬁh?%ﬂghséergg?cgégﬁ deschbed.

30The presgpi, eenshdecahkons EaBEBKLA ﬁ@h?dwﬁﬁtﬁnogﬂthbys@é@@oif a different
reference systemthan the unit C|rcFe of the imaginary plane is chosen. By

way of exaspeali hbabadisotonbenarhizemngds uhbei vAevabgdsy pblestolg al so
possible to norpalize the axis_length in order to reduce the conputing tinme
accor di ngl §u18ePhYI §ELBAToFNENE T pVﬁauﬁiPeé¥F%ﬂjﬁ%é§§ﬁ 9 it is al so

| mpor tant b0 BEREnsal BG eher eARBARN ¢-iARE) NOveRhakreegeRRONh the M n axis
of the directional pattefn on which the stereophonic processing is based,
since, formapsiagceidhhrpbr thavetesdonappnad ithateligt tonbeo the main axis
occurs. This, can he achi eyed nual | v . swapping the 10 | eft channel and
the right %ﬁ%ﬁﬁgﬁa- 8veraYE’IEESnCSPﬁégéﬁnexisting stereo signal L, Ris to
be mapped by the present system the correct mapping direction can al so be
ascertained automatically on behalf of the phantom sgurces generated by
means of tke)150i £l ugtr at ed Jifskudo-Istegdopioni dtnst Hotlok ogy, by way of
exanpl%buas is showmn in FIGURE 12 (which is directly connected downstream
with PiGURE 10, whereas FIGURE 11 nay |ikew se be added to FIGURE 12 for

det er mi ni ng,khepsuprefl thergoaphaxnbrangstecakenchi geedback( Lopp +
643 is used to determine a new optimized value for the

degree of correlation r or, respectively, for the

attenuations A or else p (for the formation of the
15 resulting stereo signal), and the previous steps just

described, as illustrated in FIGURES 8 to 10, are
performed until the relief of the function fx ()] +

g’ [y (t)] satisfies the desired optimization of the
function values with respect to the mapping width

20 taking account of the limit value U" and the deviation

k, both 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 (for the formation of the
resulting stereo signal) - the signals x(t) (123) and
y(t) (124) therefore correspond to the specifications
by the user and represent the output signals L"" and R

from the arrangement which has just been described.

30 The present considerations remain valid as an
entity even if a different reference system than the
unit circle of the imaginary plane is chosen. By way of

example, instead of normalizing function values, it is



20 g*(r(ti)) for the already existing stereo signal L, Re; cf. the
explanations relating to FIGURE 9). Iy, this case, at suitably chosen tines
t" (for which not all of the subsequéﬁ%ly cited correlating function val ues
of the transfer functions f*(x(ti)) + g*(y(ti) or, 25respectively,
f*(1(t,)) + g*(r(t,)) may be equal to zero for at |east one case), the

al ready ascertained transfer function f*(x(t")) + g* (y(tl)) as shown in
FIGURE 9 is compared with the transfer function f*(1(t" %r(tl)) of
the |eft sabhal PeEEILAAJEPhBOBDLLERt LBEgARLE Sy (BRI P f-ﬁeoafi?@ st er eo
signal L, Reqhéetbrsecbnpnsiny tunet hensraangeyi.n the same quadrant or in
t he dlagonally opposite quadrant of the conplex nunber plane, the total
nunmber m of function values fromthe cited transfer functions which are

| ocated in 35 the Sabeutpadeantfothenmépeidgaddonattyoopposite 19 quadrant
of the conpl ex nunber plane is increased by 1 in each case. An enpirically
(or statistically ascertained) stipul atable nunber b, which should be | ess
than or 5 equal td9¢©@5h®m@élYOflto#ﬁe@hﬁ@ngmpgﬁé@néntvamaé§oéf t he
transfer fﬁ'ﬂét5981?63(3?1(1?51(15&)I)naﬁpgnQY6El:¥1ﬁ@Q Ehohet t}l)a tagh( Bkik)) unequal

to zero, now sti es the_nunber of necessary matches. Bel ow thi s nunber,
the left chhnhlf Q%??Céhﬂn?ﬁep?FﬁﬁFncﬁﬁnHEFCQ(¥?e PLERECRARPES 10 si gnal

reSU|thn9 pf@éegéﬁﬁ§|@s Bﬁgauansah&@ngeaEnEnQSa&bewn in FIGURES 8-10 are
swappe n.origina ste honi ¢ is_to be encoded
into a nDn%lEFﬁEaFnﬁFﬁge?h@agﬁﬁegl%ﬂ égggprlﬁg%bgemaﬁpeé i'Snal pattern
(or, respestéweby,This can be achieved manually by swapping the

10 left channel and the right channel.

If an already existing stereo signal L°, R° is
to be mapped by the present system, the correct mapping
direction can also be ascertained automatically on
behalf of the phantom sources generated by means of the

15 illustrated pseudo-stereophonic methodology, by way of
example, as is shown in FIGURE 12 (which is directly
connected downstream with FIGURE 10, whereas FIGURE 11
may likewise be added to FIGURE 12 for determining the
sum of the complex transfer functions £ (1(ti)) +

20 g'(r(t;)) for the already existing stereo signal L°,

R°; cf. the explanations relating to FIGURE 9). In this
case, at suitably chosen times t; (for which not all of
the subsequently cited correlating function values of
the transfer functions £ (x(t;)) + g (y(ti) or,

25 respectively, f (1(ti)) + g’ (r(ti)) may be equal to zero
for at least one case), the already ascertained
transfer function £ (x(t;)) + g (y(t:)) as shown in
FIGURE 9 is compared with the transfer function
£ (1(ty)) + g (r(t;)) of the left signal 1(t) and the

30 right signal r(t) of the original stereo signal L°, R°.
If these transfer functions range in the same quadrant
or in the diagonally opposite quadrant of the complex
number plane, the total number m of function values
from the cited transfer functions which are located in

35 the same quadrant or in the diagonally opposite



15 the sinplifying paraneter n of said function) and |ikew se the
paraneters f, a, , ? or p (for exanph% for the purpose of data conpression)
(for an exenpl ary out put 640a which nay be enhanced by the paraneter z, see
bel ow), it nmakes sense to jointly encode the 20 i nformation regarding

whet her the resulting left channel and the resulting right channel need to
be swapped (for exanple expressed by the paraneter z, which takes the val ue
O or 1). Wth slight nodifications, sinmlar circuits to 25 the circuits
shown in FI@REENE 106nEha 20RBRIBE BBRREF UBL8BCWAP chrEaRapedcBindct ed
directly dowsi¢cgadayeth FIGURE 3 or 4 or 5 or 6 or 7 or else can be used
at another location within the electrical circuit or algorithm 300btaining
stable FM stereo signals by using the present invention, being an exanple
for the evaluationnokmmﬁfmdallyg(ste$9@t$$ghe$lMMia@ceanabeedbproduced by

two or seting&ﬂg@séf?egﬁu%b%g by which Iheut gveat 1g$ei gwghserof particul ar

i mpor t ance connec a|n|ng of sta stereo signals
under Bad ¢@@@btt@nth©n@mmb©hsoﬁf@@réﬁéﬁtléglﬁuagtéﬁﬁbVPéQ?S Ph this case,

It is possijbl etfsgn@ﬁ@fe&?nét%ﬁ@'@ @E@Jﬁqpm@y g)(t?)' My #1Sing;§ he main

channel signal (L R) as an input sig sum of the left
channel ant QH@f@iéhtuéﬁgﬁﬁélt8fZ€HQ'oPP&|ﬁ§Pp§9§F@§ §| n&ACffe conpl ete

or lnCOWD|@Eezqe§d;l@§§@f\ﬁefha§d:]g@§l IéélowW)hlwﬂhﬁﬂﬁbes t brer esgtt of subtracting
the 10 rig neI fromt eft f nal stereo si gnal ,

can al so b |% (thidda h% ﬁl%?ﬁegg?%n?g ﬁ&gFuggagbg 8'8f§Ral or in
order 100 dﬁi@mmineesmlbpmgn1ﬁert@namplanefeom én(errangspesti wely, n),

whi ch desc 35Wht£§ Fié@&ééo??iopg%%egga§$ cLhe signal that is 15 to be
0

render ed s ereo nic as we e angle f that is to be ascertained
manual |y or by netrology and is enclosed by the main axis and the sound

source, the f'Ct'tiPUaSn|&f$gﬂ9§ﬁl§‘gs@é‘ﬁé§;€1@@n1@es{dgﬁélti@uﬁorbght openi ng
angle , the attenuations k el se f
encoded into a mono signal plus the function £
describing the directional pattern (or, respectively,
15 the simplifying parameter n of said function) and
likewise the parameters ¢, a, B, A or p (for example
for the purpose of data compression) (for an exemplary
output 640a which may be enhanced by the parameter z,
see below), it makes sense to jointly encode the
20 information regarding whether the resulting left
channel and the resulting right channel need to be
swapped (for example expressed by the parameter z,

which takes the wvalue 0 or 1).

With slight modifications, similar circuits to
25 the circuits shown in FIGURES 11 and 12 can be
constructed which can be connected directly downstream
with FIGURE 3 or 4 or 5 or 6 or 7 or else can be used
at another location within the electrical circuit or

algorithm.

30 Obtaining stable FM stereo signals by using the
present invention, being an example for the evaluation
of an existing stereo signal which can be reproduced by

two or more loudspeakers.



20 formation of the resulting stereo signal or, resulting therefrom the
gain factor p* for normalizing the Iqﬂ} channel and the right channel,
resulting fromthe M5 matrixing (for 'exanple ascertained in the simlar
fashion to the logic elenent 120 as shown in FIGURE 8) 25 or from anot her
arrangenment according to the invention, on the unit circle (in this case 1
corresponds to the maxi mnum |l evel of 0O dB which has been normalized by using

pr, where x(t) is %Q{ {8 nottpul 810031 of BSLtLL 801 LEOMLDLBapoEMB! | Zal | O

and y(t) is the ri put st gnal resulting ron1 s normalization)
or the degiﬂec@ﬁn@@ttehamibn thefobhelnesglbfngtabéeeEMssgaaboor t he
paraneter a, for exa | e dgfined bﬁathe | 9) or 9a) bel ow,

for defini 7H9%RaeS 91988P2<i bFESPRAGR S?Haégﬁ8gsf6F thxgﬂ' 8f he transfer

functions Qﬁtéﬁébiﬁéyitlﬂﬁ @HEQU&a%gn@tsléf?5s§zsgmal eot Benekled conpl ex
transfer functions (5) f*[x(t)] [ x(t -1 +1i) 5 and (6)

g*[y(t) :Sﬁqbl¢/$t@¥e®phqny by akbepéy ﬂ@lngaihef@ﬁléxﬁhﬁpéelthe fol | owi ng
s trues (Q AR InIx(R)1ad galvAEdd 13 gna1 CORnaLHT eEXERY] stmlBe [V(1)]11
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

10 right channel from the left channel of the original
stereo signal, can also be used in this case in order
to form a useable S signal or in order to determine or
optimize the parameters f (or, respectively, n), which
describe the directional pattern of the signal that is

15 to be rendered stereophonic as well as the angle ¢ that
is to be ascertained manually or by metrology and is

enclosed by the main axis and the sound source, the
fictitious left opening angle a, the fictitious right

opening angle B, the attenuations A or else p for the

20 formation of the resulting stereo signal or, resulting

therefrom, the gain factor p° for normalizing the left
channel and the right channel, resulting from the MS
matrixing (for example ascertained in the similar
fashion to the logic element 120 as shown in FIGURE 8)
25 or from another arrangement according to the invention,
on the unit circle (in this case 1 corresponds to the

maximum level of 0 dB which has been normalized by

using p’, where x(t) is the left output signal
resulting from this normalization and y(t) is the right

30 output signal resulting from this normalization) or the
degree of correlation r of the resulting stereo signal
or the parameter a, for example defined by the

inequality (9) or else (9a) below, for defining the



and (10)1Infe[x(t)] + g*[y(t)])IIsin arg[e[x(t)] + g*[y(t)]11) or else in
general 15(9a) Re2te[x(t] + gly(t)]} o4 /a2 + In2{flIx(t] + glly(t)D < 1, or
the limt value R*, defined by inequaalty (11) or else (11la) below, or the
deviation A |ikew se defined by inequality (11) or else (1l1a) below, for
stipulating 20 or maxi m zing the absolute value of the function val ues of
the sum of these transfer functions (where, for this stipulation or

rax 1 23t O P0G LOL LNGALIOP L1 SLYAoL Tne Thuflt o’ eRRCEHLMELK, Lhe total
G R e Tl of EARCEFGHE

nunber of POSSi put Signal s Xj owng is true,
for exanpl eun¢ddyn®- oﬂl fﬁ]ncx(téi;u}tgﬁc{;y(mﬂmtdslﬁnilsmﬁfbrl erafb)le fe[ x3(t)],

g*[yj(t)])tggcggﬁgélgomglézjtgagéfertfunctlons

(5) £'[x(t)] = [x(t)/N 2] * (-1 + 1)
5 and
(6) g ly(t)] = [y(t)/N 2] * (1 + i)

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

true:
(9) |Re{f [x(t)] + g [y(t)]1}l £ |a * cos arg{f [x(t)] +
10 g ly(t)1}]

and

IN

(10) | Im{f [x(t)] + g [y(t)]}] |sin arg{f [x(t)] +

g ly(t)11)

or else in general

15 (9a) Re*{f'[x(t] + ¢[y(0)]} * 1/a® + Im*{f[x(t] + g [y (t)]}
<1,

or the limit value R*, defined by inequality (11) or
else (l1la) below, or the deviation A, likewise defined
by inequality (11) or else (lla) below, for stipulating
20 or maximizing the absolute value of the function values
of the sum of these transfer functions (where, for this
stipulation or maximization and for the time interval

[-T, T] or, respectively, the total number of possible



151 lacos argffix(t)] + g*[y(t - i * sin argie[x(t)] + gly(t)]}1 dt) or
else 20 (11a) 0 -<- Al Inx(t)] gl y(%%]l dt -T maxI | f*[xi (t)] 25{ f*
[xi (t)g*[yi (t)]} ECD-T 23 a [ *Ni[I - (1 - a2)sin2 arg (e[x(t)]
-T + g*[y(t)]1]} dt) S or the limt value S* defined above or the
deviation e defined above (for which, by way of exanple, it nust be true

that 10(7)0S*- s 5 nmax llte f'[x(t)] + gly(t)] h
output signals xj(t), yj(t), the following is true, for

)D
+
|

example:

T
(11) 0 £ R - A <[ 1£x(0)] + gly(t)]l dt
5 -T
T
max [ 1£7%5(6)]

{£f7[x5(£)], g*ly;(t)]} € @ -T

I

10 + g'[y; (£)]1 dt
<R + A
T
15 <f 1a * cos arg{f[x(t)] + g [y(t) ]}
=T
+ 1 * sin arg{f[x(t)] + g'[y(t)]} | dt)
or else
20 T
(11la) 0 £ R" - A <[ £ x(t)] + g [y(t)]l dt
~T
T
< max [ £ %5 (6)]
25 {£70x5(8) 1, g*ly;(t)]} € @ -T
+ g'ly;(t)]11 dt
<R + A
30



6 :5 1) or the limt value U* defined above or the deviation K defined
above (for which, by way of exanple,
Kflfix(t)] +(t)]dtl.1*+ K), -T 20all for determ ning the mappi hg w dth of

the stereo signal to be achieved, or the nmapping direction of the

reproduced sound sources in accordance wth the arrangenment descri bed
In any case, the result is stereophonic mappi ng which is constant
respect of 25 the FM signal. LQ particular, the,use of_< ression

al gorithms or dath %edu ionY bt ho Iﬁ Bg@?

eval uation of characteristic features, such as the mnim or maxinmg,
also 24 recommended in this case in order to speed up the eval uation of

st ereophonic or _p - st.arne oni ¢ si gnal di toth iteri
descri hed above' 3@%‘{%&?6@} 8%2 gnal s according to the criteria

above.

15

20

25

whit ch béi'dhg 2t

1 s

or the limit value S* defined above or the

deviation & defined above (for which, by way of

example, it must be true that

(7) 0 < S'- & < max |[Re {£7[x(t)] + g'[y(t)] 1

or the limit value U* defined above or the

deviation x defined above (for which, by way of

example, it must be true that

T
(8) 0 < U-x < [Ifx(t)] + g [y(t)] dt < U+ k),
-T

all for determining the mapping width of the
stereo signal to be achieved, or the mapping direction
of the reproduced sound sources in accordance with the
arrangement described above. In any case, the result is
stereophonic mapping which is constant in respect of

the FM signal.

In particular, the use of compression
algorithms or data reduction methods which belong to
the prior art or the evaluation of characteristic

features, such as the minima or maxima, is also

ot must be true that 15 (8)0U*-

r art or the

is

in



1. An apparatus for obtaining pseudo-stereophonic signals wwth a variable
degree of correlation between the Ieg% signal and the right 5 signal,
conprising either: a first circuit ( 49, 409, 509) having an Ms matrix for
pseudo- stereo conversion and having two downstream connect ed panoram c
potentioneters (311-312; 411-412; 511-512), wherein each panoramc
potentioneter 10 fornms two bus signals; or: a first circuit (309, 409, 509)
for pseudo- ver sj haying. an i lifier (717),
connect ed ﬁ%%?é@%%@%@ ?éetﬁgfng%%?x?gf8%§%gg%§fé?%ggagﬁiﬁggt signal for the
M5 mat ri X;ewsludbiosesdndterecphdnhavbngpaenddi-ftededBhontci x whi ch
contains an_adder and a _subtractor in,order to add and subtract i nput

si gnal s (N?lgﬁélﬁh?%ﬁoﬁ?éngeE%eE??v%F&t%ﬁbFig?ﬁarBQGQr@§8Y8rnined factors,
in order to generate signals which are identical to said 20 bus signals.

2. The apparatus as clainmed in claim1, in which a respective panoramc
potentioneter is connected downstreamin the left (L') output and in the
right (R) output of the first circuit. 253. The apparatus as clainmed in
claim2, in which both panoram c potentioneters conprise buses (313-314;
315-316; 413-414; 415-416; 513-514; 515-516), wherein both buses can be
used only collectively and identically. 304. The apparatus as clainmed in
claim2, in which each panoram c potentioneter has an input (302; 303) and
two outputs (313-314; 315-316),



in which the input of a first panoramc 26 potentioneter (311) is
connected to a first output (L") of t first circuit, in which the input
of a second panoranic potentionmetér (312) is connected to a second
output 5(R ) of the first circuit, in which the first output
(313) of the first panoram c potentioneter (311) is connected to the first
out put (315) of the second panoram c potentioneter (312), 10and in which

t he second output (314) of the first panoram c potentionmeter (311) is
connected to the second out put §38eRtofl@idSecond panorani c potentioneter
(312). 5.The apparatus as clained in claim1, 15 characterized by: (a)
means for the final signal formation on a left bus L froma left output
$lgggl_L', thFllattemdﬂayyﬂraﬂﬂdiﬂﬁﬂeﬁbﬂaﬁdﬂmgfactor 4 * (1 + ?) (where ?
IS i nverse roportionally th tenuatio I id.l t put signa
L' fron1thgsﬁ%&ﬁg??$§?ogg?gégrSéggﬁgé Végg 8B$a%99bigogfg§%%e§goﬁds t093
dB)), addedotopefheipnghetwaeputhei grdk RighrénmanhethB waohix, the latter

SignaIEﬁUIEEBEEEQ QXmﬁpgsEﬁﬁtgﬁtﬁe}:(l - p) (where p is

a first circuit (309, 409, 509) having an MS
matrix for pseudo-stereo conversion and having two
downstream connected panoramic potentiometers (311-312;
411-412; 511-512), wherein each panoramic potentiometer

10 forms two bus signals; or:

a first circuit (309, 409, 509) for
pseudo-stereo conversion having an MS matrix and an
amplifier (717), connected upstream of the MS matrix,
for amplifying an input signal for the MS matrix; or:

15 a second circuit having a modified MS matrix
which contains an adder and a subtractor in order to
add and subtract input signals (M, S), which are
respectively amplified by predetermined factors, in
order to generate signals which are identical to said

20 bus signals.

2. The apparatus as claimed in claim 1, in
which a respective panoramic potentiometer is connected
downstream in the left (L’) output and in the right
(R’) output of the first circuit.

25 3. The apparatus as claimed in claim 2, in
which both panoramic potentiometers comprise buses
(313-314; 315-316; 413-414; 415-416; 513-514; 515-516),
wherein both buses can be used only collectively and

identically.

30 4. The apparatus as claimed in claim 2, in
which each panoramic potentiometer has an input (302;
303) and two outputs (313-314; 315-316),

in which the input of a first panoramic



25 inversely proportionally the attenuation for said right output signal R
fromthe Ms matrix, 1 (corresponds t & dB) = p = 0 (corresponds to 3
dB)), and (b) nmeans for the final signal formation on a right bus 30 R
fromthe left output signal L' cited in (a), the latter signal nultiplied
by the factor 4 * (1 -?), added to the right output signal R fromthe M5
matrix, cited in (a), the latter signal nultiplied by the factor 4 * (1 +
p). 356. The apparatus as clainmed in claim1, characterized by:_,6 27
(a) summatPohehEhPREFF £ 3t ki ngsacepnpesretsi gnak TFFofEPRET ST ?nput
?g?nal (Pq?fagpilf%ﬁgt?aigagitgctor (25+- p), and a second i nput signal

, anplifie y e fact.or +.p)s b) di.fferentiation
means for forning a dff f”g‘r“é:rt?cé?hsei dﬁ‘)ﬁutf Pdm ﬁgcT()lrlrdstp%(r]rl%:u i gnal (M),
anmplified pytéheidmector (212)?is pdnnatched theaseeonddi ppbpusi gnal (S),

anplified ,thef or.(2 + 107. The apparatus as clainmed in claim§6,
in whi _tE% ;t?gnﬁgéi%ﬁgég %g C%}gfe i dentical . 8. The apparatus as
claimed in one of clainmwhicho the Havistg avdiovedl | B3 ) o médes FidrSthor mal i zi ng

the Ievel ?%%%?gmﬂgxﬁgygﬁgioﬁggeie%?hi5ngsl@EBD@B@@BEEO?BHe15iQEtthe

resul ting channel , or, equivalently, for normalizing the axis |ength
of the referenee §95% bnef obhexpegongpproramic Ept?ﬁélaﬁﬁgﬁﬁtus for °
obt ai ni ng psep¢o-stereophonic signals as clainmed in one of clains

10 and in which the second output (314) of the
first panoramic potentiometer (311) is connected to the
second output (316) of the second panoramic

potentiometer (312).

5. The apparatus as claimed in claim 1,

15 characterized by:

(a) means for the final signal formation on a left bus
L from a left output signal L', the latter signal
multiplied by the factor % * (1 + A) (where A is

20 inversely proportionally the attenuation for said left
output signal L’ from the MS matrix, 1 (corresponds to
0 dB) =2 A = 0 (corresponds to 3 dB)), added to the
right output signal R’ from the MS matrix, the latter
signal multiplied by the factor % * (1 - p) (where p is

25 inversely proportionally the attenuation for said right
output signal R from the MS matrix, 1 (corresponds to
0 dB) 2 p 2 0 (corresponds to 3 dB)), and

(b) means for the final signal formation on a right bus

30 R from the left output signal L' cited in (a), the
latter signal multiplied by the factor * * (1 - A),
added to the right output signal R' from the MS matrix,
cited in (a), the latter signal multiplied by the
factor ¥ * (1 + p).

35 6. The apparatus as claimed in claim 1,

characterized by:



20 1 to 8, characterized by neans for additionally stipulating the mapping
width of the resulting pseudo-stereogﬁpnic signal by using the possible
variation of the degree of correlation r thereof or of an attenuation ? or
of an attenuation p. 2510. The apparatus as clained in one of clains 1 to 9
havi ng neans for additionally ascertaining or stipulating the nmapping
direction of a stereo signal. 11. The apparatus as clained in one of clains
1 to 10 having nmeans for additionally evaluatlng an 30 existing stereo
signal which can be r@r SHIEEF IR FFETST TR & QLGHID Sk POs 12

The apparatygnas ekahnedripsenenphtckagrall (Mg, lampha¥ieg beanaef or
conpreSS|on or dat uction or other selectlv eval u t| of audio
signals. factexy ( $h§ ppaPht u"9s cPEFRRY 1P Bﬁesﬁgna 15 to 12,
charact eri Zedl1 byieaebgr ther éaconverietspf or converting the obt ai ned

st ereophoni ¢ output signals into stereo signals which are intended for

reproduction by nore than two | oudspeakers. 14. The use of the
apparatus as cl ai med (b0 o€ ey agft idtdiars Means 335 Fro@b M ng

pseudo- Steaggﬁéeeheesggaag§ QEoﬁh%hQa§h§sQf1EBh%t§&§ﬁa§lq&a's 15. A
met hod for t al ni ng pséudo- stereophon

ﬁ nals W th E varlable degree of
correl ati oAmBéifhibed Pﬁethéfﬁa§F@ﬁal and tﬁe ti gRENEPghlR, SE6RPFI sing: 15Ms

matri xi ng ohpatrsk9gah1usEng anpMbraetr by, taed fadjtest rént pf .t he degree of
correlation Eetmeen the left signal and the right signal by using: two
panoram c potentioneters; or

10 7. The apparatus as claimed in claim 6, in

which the attenuations A and p are identical.

8. The apparatus as claimed in one of claims 1
to 7, having normalization means for normalizing the
level of the maximum of the resulting left channel and

15 of the resulting right channel, or, equivalently, for
normalizing the axis length of the reference system for
<x(t), y(t)>.

9. The apparatus for obtaining
pseudo-stereophonic signals as claimed in one of claims
20 1 to 8, characterized by means for additionally
stipulating the mapping width of the resulting
pseudo-stereophonic signal by using the possible
variation of the degree of correlation r thereof or of

an attenuation A or of an attenuation p.

25 10. The apparatus as claimed in one of claims 1
to 9 having means for additionally ascertaining or

stipulating the mapping direction of a stereo signal.

11. The apparatus as claimed in one of claims 1
to 10 having means for additionally evaluating an
30 existing stereo signal which can be reproduced by two

or more loudspeakers.



by using an anmplifier (717), connected 20 upstream of the M5 matrix, for
anplifying an input signal for thelg?gnnrix; or -by using a nodified M5
matri x which contains an adder and a subtractor in order to add and
subtract input signals (M S), respectively anplified 25 by predeterm ned
factors. 16. The method as clained in claim15, in which a respective
panoram c potentioneter is connected in the left output channel and in the

ri ght out put channel wherei n both pangram c_potentioneters each 30
conprise a buslZwher &% BOORIGHIES o SIEFELIN QIS Wl W 14HdS dent i cal I y.

17. The rretbom ashelahgedebAsCEarmedhpreBsiWbhcbreaahapasdnanion

potenti onet er S _an i nput_ (302; .30 29 _and .two out pyts (313-314;
315-316), °F oPREx Sei?ﬁgﬁﬁ%cﬁvéﬁgagﬁﬁﬁtngagdﬁlrE%g §ESran1c pot ent i onet er
(311) is connected to a first output (L") of the circuit, 5in which the

nput of a secopd panglame, polent i umeher; {32, 'o%ecwecclt@qngq a second

output (R) of "the CIrCUI st output (313) of the first
panor af ¢ pOtéﬂtl@h@té@téslz?dl§Yc©ﬁﬁe@FeEOF@ FREBVEIESES1606ut put (315) of

the Secondcgﬁggggﬂhg QHEGBEtQHﬁE@rséé%gbphonlc output 8RgnkMsWhi ch the
second out put (314) "of the first panoramc potentioneter gﬁ#F i S connected

to the sectibCoBEPHEO (3182 bF WHéCQeESﬁdlBEﬁBQSHIEOISrSBF meler (312).

by more than two loudspeakers.

14. The use of the apparatus as claimed in one
10 of claims 1 to 13 for obtaining pseudo-stereophonic

signals on the basis of FM stereo signals.

15. A method for obtaining pseudo-stereophonic
signals with a variable degree of correlation between
the left signal and the right signal, comprising:

15 MS matrixing of a signal using an MS matrix,
and adjustment of the degree of correlation between the
left signal and the right signal by using:

-two panoramic potentiometers; or
-by using an amplifier (717), connected

20 upstream of the MS matrix, for amplifying an input

signal for the MS matrix; or

-by using a modified MS matrix which
contains an adder and a subtractor in order to add and
subtract input signals (M, S), respectively amplified

25 Dby predetermined factors.

16. The method as claimed in claim 15, in which
a respective panoramic potentiometer is connected in
the left output channel and in the right output
channel, wherein both panoramic potentiometers each
30 comprise a bus, wherein both buses are used

collectively and identically.

17. The method as claimed in claim 15, in which

each panoramic potentiometer has an input (302; 303)



18. The nethod as clained in claim15, characterized by (a) the final signal
formation on a left bus L froma |left,putput signal L', the latter signal
multiplied by 20 the factor 4 * (1 +7) (where k is inversely
proportionally the attenuation for said |eft output signal L' fromthe M5
matrix, 1 (corresponds to O dB) ? = 0 (corresponds to 3 dB)), added to the
ri ght output signal R fronlthe Ms matrix, the latter signal 25 multiplied
by the factor 1/2 * i re p_is |nversely proportionally the
attenuatloﬁnﬂoFW@aPGtPPéﬁt (8 @p§i45|éﬁér RO)fromthe M matrix, 1
(corresponds to O chn ﬂh1d%(wmﬁﬁ. @E‘dJﬁiﬁHE)paﬁﬁﬁhﬁﬂb(b) t he final

signal formation, on a rom eft t I ted
(a), the |8‘P’E%?t§?’§ﬁ5?r 95{1 & FEdCBWFﬁ% 5a Por’* lgg t%u% ; ;:jdgd Itg
the right oftpué sigoaitR fromthe M5 matrix, C|ted in (a), the latter

si gnal §n|‘” tiplied by, tnh%m%%%rhelll%put( ]ofssa (sc%cond?’g)ajr% %dmt hod as

cl ai ne n clai m 15, osite signal is
f or med fropvaehtlsmetﬁpuﬂ3é2@na5 ¢cpnegtpti £Ped E?Cpﬁé PHEPBE (2 + - p),

and a secopg 5nBytt§égg§£cﬁ§% anplified by the Sfactor (? + p);
(b) a dlfference signal 1s formed fromthe first input_sign I@
anplified by the factdr wpch £he figsfuLuitsecomd it Lﬁh%% (9),

anplified B¥noramic potentiometer (311) is connected to the first
10 output (315) of the second panoramic potentiometer
(312),
and in which the second output (314) of the
first panoramic potentiometer (311) is connected to the
second output (316) of the second panoramic

15 potentiometer (312).

18. The method as claimed in claim 15,
characterized by
(a) the final signal formation on a left bus L from a
left output signal L', the latter signal multiplied by
20 the factor ¥ * (1 + A) (where A is inversely
proportionally the attenuation for said left output
signal L' from the MS matrix, 1 (corresponds to 0 dB) 2
A = 0 (corresponds to 3 dB)), added to the right output
signal R from the MS matrix, the latter signal
25 multiplied by the factor % * (1 - p) (where p is
inversely proportionally the attenuation for said right
output signal R' from the MS matrix, 1 (corresponds to

0 dB) =2 p =2 0 (corresponds to 3 dB)), and

30 (b) the final signal formation on a right bus R from
the left output signal L' cited in (a), the latter
signal multiplied by the factor % * (1 - A), added to
the right output signal R' from the MS matrix, cited in
(a), the latter signal multiplied by the factor * * (1

35 + p).



10 the factor (? + p). 20.The nethod as clained in claim19, in which the
attenuations X and p are identical. The nmethod as clainmed in one of
clainms 15 to 20, in which the level ot the maxi numof the resulting 15 | eft
channel and of the resulting right channel is normalized or, equivalently,
the axis length of the reference systemfor <x(t), y(t)> is nornalized.

22. The nethod for obtaining pseudo-stereophonic signals as clainmed in one
of clainms 15 to 21, 20 characterized by the additjional stipulation of the
meppi ng wi dth &9-t he Thesagtiheg Freddaigiast édptforftid® siynal™ B4t ng the
p?tSSI bl te var i?ati on o]f<at>h% degiRes idfe GargrRlati Predrdereasm o of an
attenuation, 7 or of an attenuation p. 2523, The, net.hod as ,¢cl ai ged i n one
of clainms i5T8h ???uEhﬁFQEPirR¥gd B?pﬁﬁglﬁédpyigﬁglfﬁgggfté%n%egf or
stipul ati on pf, t hedmappeagndi teptit onighaan (8Xj skinpgistiedebysichral . 24. The
nmet hod as %Ig'ngd(kn+o§$,of clainms 15 to 30 23, characterized by the

addi ti ohal “8VaPtat-on “an existing stereo signal which can be reproduced
by two or nore | oudspeakers.

(b) a difference signal is formed from the
first input signal (M), amplified by the factor (2 - A
+ p), minus the second input signal (S), amplified by
10 the factor (A + p).

20. The method as claimed in claim 19, in which

the attenuations A and p are identical.

21. The method as claimed in one of claims 15 to
20, in which the level of the maximum of the resulting
15 left channel and of the resulting right channel is
normalized or, equivalently, the axis length of the

reference system for <x(t), y(t)> is normalized.

22. The method for obtaining pseudo-stereophonic
signals as claimed in one of claims 15 to 21,

20 characterized by the additional stipulation of the
mapping width of the resulting pseudo-stereophonic
signal by using the possible variation of the degree of
correlation r thereof or of an attenuation A or of an

attenuation p.

25 23. The method as claimed in one of claims 15 to
22, characterized by the additional ascertainment or
stipulation of the mapping direction of an existing

stereo signal.

24. The method as claimed in one of claims 15 to
30 23, characterized by the additional evaluation of an
existing stereo signal which can be reproduced by two

or more loudspeakers.



31 25.The nethod as clainmed in one of clains 15 to 24, characterized by
the additional application of conpression nethods or data reduction nethods
or other selective evaluation nethods to audio signals. 526. The nmethod as
claimed in one of clains 15 to 25, characterized by conversion of the
obt ai ned stereophonic output signals into stereo signals which are
reproduced by nore than two | oudspeakers. 27. The nethod for obtaining

pseudo- st ereophonic 10 signals as clained in one of clains % to 26,
charact eri zed 43+ appFlealfbRofhaFe6t2iBeRMLEt 8PE0 S GRAFES to
24, characterized by the additional application of

compression methods or data reduction methods or other

selective evaluation methods to audio signals.

5 26. The method as claimed in one of claims 15 to
25, characterized by conversion of the obtained
stereophonic output signals into stereo signals which

are reproduced by more than two loudspeakers.

27. The method for obtaining pseudo-stereophonic
10 signals as claimed in one of claims 15 to 26,
characterized by application thereof to FM stereo

signals.



