+ 5-2-5 MATRI X ENCODER AND DECODER SYSTEM Cr oss- Reference to Rel ated

. Appl i cati axg odiiase appl i cation is based upon the U S. Provi sipgraisoBasisat
Application No. 60/058,169 entitled "5-2-5 Matrix Encoder and Decoder,
System " filed Septenber 5, 1997. Field of the Invention This invention~
rel ates to sound reproduction systens involving the decoding of a

st ereophonic pair of input audio signals into a nultiplicity of output
signals for reprodsugts MAFREX ENCODERAND DECODER SYSTEM | i ke
plurality of |oudspeakers arranged to surround a listener, as well as the
encodi ng of multichannel material into-two channels. Background of the

| nventi Th resent. | h NG erns an inproved set of design criteria
and theﬁbé%% Iﬁ?‘@f&?é%%%gf H%& natrix having optimum .

psychoacoust ifhislapplicativid 1 Haged vpon thy DUYCPRevisivnal ®htsHt I gion No.
material as well as standard two channel material, that includes

mai nt ai GO/RPHILER, entitled: {Sod-SHMatEiznEneodersamd Depeder Systara;itfleds Septenaher

b1 a5t o % ne0n SicBRG btinaliBntingR 01T §. R EbulRBA NP2 Y
parti culentitled €Muloichanhel ActiveMatrik/EBndvdeb aarbBesddérnwiiti Misiniwia Naterals
outputs for signals wth a defined directiaon, and while maintaini n%

non- @i r enazationy” BlrdNoyertheosohf96, arhighds mseantinua@oningars\of|U
Patent Application No. 08/684,948, entitled "Multichannel Active Matrix Sound
Reproduction with Maximum Lateral Separation,” filed July 19, 1996.
Field of the Invention
This invention relates to sound reproduction systems involving the decoding
10  of a stereophonic pair of input audio signals into a multiplicity of output signals
for reproduction after suitable amplification through a like plurality of

Ml =

loudspeakers arranged to surround a listener.
More particularly, the invention concerns an improved set of design criteria -
and their solution to create a decoding matrix having optimum psychoacoustic
15 performance, with high separation between left and right components of the stereo
signals while maintaining non-directionally encoded components at a constant
acoustic level regardless of the direction of directionally encoded components of the
input audio signals.
Additionally, this invention relat_és to the encoding of multi-channel sound
20 onto two channels for reproduction by decoders according to the invention. In |
particular, it relates to improved matrixing coefficients for a 5-2-5 matrix encoder
and decoder system.
Background of the Invention
Apparatixs for decoding a stereophonic pair of left and right input audio
25  signals into a multiplicity of output signals is commonly referred to as a surround
sound decoder or processor. Surround sound decoders work by combining the left

and right input audio signals in different proportions to produce the multiplicity N
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regar dhisgo/f2hsd he direction of directionally encoded copeqhnpgisfh +he

I nput audi o signals, including frequency dependent circuitry that inproves
t he bal ance between front and rear signals, provides snooth sound notion
around a seven channel version of the system and makes the sound of- a five
channel version closer to that of a seven channel version. Additionally,
this invention concerns an inproved set of design criteria and their
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10 most recent surround sound decoders do not include them, so that all of the
matrix coefficients are real. In the bulk of the work described in this patent-
application, the matrix elements are also real. Real coefficients are inexpensive
and will optimally decode a five channel film encoded with the active encoder
described in this patent.

15 However, real coefficients are not optimal when decoding a film encoded -
from a five channel original using a passive encoder such as the one described in
this application, and are also not optimal when decoding a film made with the
standard four channel encoder of the prior art. A modiﬁcaﬁOn to the decoder
design which will optimally decode such films is also described. Although the

" 20 description is of a phase corrector to the inputs of the decoder, the correction could
also be accomplished by making the matrix elements complex.

In a passive matrix, which is defined as a matrix in which the coefficients
are constant, such as the Dolby Surround matrix; several ideal properties are
‘achieved by suitable choice of the coefficients. These properties include the

25 following:

Signals encoded with a standard encoder will be reproduced by a passive
matrix decoder with equal loudness regardless of their encoded direction.

Signals where there is no specific-encoded direction, such as music that has
been recorded so that the two inputs to the decoder have no correlation, that is,

30 decorrelated signals, will be reproduced with equal loudness in all output -
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i mpr ovenemwe,991k2486 di scl osure makes reference to Giesi nger 'RCTIE8/1B30ent
No. 4,862,502 (1989) which will be referred to as the '89 patent: U S
Patent No. 5,136,650 (1992), which will be referred to as the '92 patent;
the July 1996 Griesinger U S. Patent Application No. .08/ 684,948 referenced
as the July '96 application; and the Novenber 1996 Giesinger U.S. Patent
Application No. 08/ 742,460, referred to as the Novenber '96 application.
Conmrer ci ehamve¢lsi ons of the decoder based upon this |ast application will be

referred to as_Versjon 1.11 (or, V1. 11). Sone further inprqQvenents were
di scl osed in SW@HP Qi@PBﬁélé’Fﬁﬂﬁé\W? angHnbmati obe/ 589‘31‘8?%13( pagedsht enber
1997, whj | r | r I '
VD11 angipbihht 384'£ HEESESIARANDmERAE e s b ohinat i oitHER By 16040088
col | ect i uelthe apparent segdratindftlse décuirelated|cotmuineintals thef enevdedsdkétion

are: [1] »MNultichannel Matrix  Surround coders for Two-Eared Listeners,"
 Davi #GP@%‘%&?PQC&E r%‘tﬁngfi cempenent B. 1996, and [2] "Progress in
5-2-5 Matri x " bl nGhdiesi ri t
1997, Summary “S PRSP EY of BECYRE eRBlorsYe (Rl e Bbafafibs bf MR, GERSionl
of recr eandndedoireelated)comiponentmbf tlenimpiedsignals fs net optimad. Fanaedmphsd of

T 5 11y BT ARERIat R eome OBy BPRE GRS Ash FPRRANCSda: tt 1o 6B SERE
B e e A e L BT e
pr odl ed medsral deradeds emidoy seme variation of the matrix coefficients with the
apparent direction of the predominant sound source, that is, they are active rather
than passive.
In the original Dolby Surround decoder format, only one rear channel
output is provided, which typically is reproduced on more than one loudspeaker,
15  all such loudspeakers being driven in parallel, so that there is no left-right
separation in the rear channels. However, there is high separation between
signals that are encoded in opposite directions.
Previous patents have described many aspects of active matrix surround
sound decoders for conversion of a stereophonic audio signal pair into multiple
20  output signals. The prior art describes how the apparent direction of a
directionally encoded signal component can be determined from the logarithm of
the ratio of the amplitudes of the component in the left and right channels of the
stereophonic pair, along with the logarithm of the ratio between the sum of these
amplitudes and the difference therebetween. This art will be assumed in this
25 patent application, along with a great deal of art which pertains to smoothing the
directional control signals thus or otherwise derived. We assume that these two
directional control signals exist in a usable form. For the purposes of this
invention, these directional control signals can be possibly derived from directional
information recorded on a subchannel of a digital audio signal.

30 This invention concerns the use to which these directional control signals
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-The pres¢yyog3ygntion i s concerned with the real i zation ofpﬁ.ﬂ}@,’“ﬁ@b matrix-.
having certain properties that maximze its psychoacoustic performance. In

. anot her aspect it discloses frequency dependent nodification of certain of
the outputs fromthe active matrix. In a further aspect, it provides -active
circuitry that encodes five input channels into a two channel output that
Wil performoptimally both with standard two channel equi pnent, with

decode ' 4 L Q0. b, J gduss r.d Dol Pr o-
Logi o i BEG3h Rt diRnk i ABHGEmAtRix WRTGH talked B Bt bR Mo e, 1
mat r i xanlelistributesathevarty adewmbdr nf owbpat chaknels tihagiroppiapelyerdrydg t he

I ncomng signals, The matrix elenents vary in suych a way as to reduce the

| oudneBEORA He&ﬁi&mwl@ﬁcgﬁeg&ﬁ%?&ﬁscqwq;ﬁl%?@-that are not invol ved

in the intend Wy ' | Qﬁ@g . ) .0ofryt ge | ls in
directions &%Snglﬁe&%\%ﬂbv%%#?g%ro u%élqglg}’teéhﬁoe} Sr(\!ggln g&ﬁﬁ?gbﬁg%%%i l e
pr éeer 3i9%9,590.alAndthee matrx iretommahuse épshat oOMafdedl ldescaibadah Tt Bat may

b - “the i vy < ! o :
ccor abatents Non 5,046,158 A Fabrin vty B ipsf 7¥ Herrrithepen detaihimr ©
decor r ¢} St S ieht T o862 5bD2hnd %Sc&t%ﬁgfétt%ﬂgﬂf&ﬂﬁﬁéﬂyd%%gﬁ)& Qty

i ncreasi ng of decreasing the Blend between I nputs - for e
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outputs. As a consequence nmatrix elements in accordance W th t
distribute the input audio signals among the various outputs under control of the

directional control signals as described above.

Each of these matrices is constructed somewhat differently, but in each case

each output is formed by a sum of the two input signals, each input signal having

15  been first multiplied by a coefficient. Thus each matrix in the prior art can be
completely specified by knowing the value of two coefficients for each output and
how these coefficients vary as a function of the directional control signals which
provide directional information as described above. These two coefficients are the

~ matrix elements of a N by 2 matrix, where N is the number of output channels,

20 which completely specifies the character of the decodér. In most prior art these
matrix elements are not explicitly stated, but can be inferred from the descriptions
given. In a particular embodiment they can also be easily measured.

Griesinger, U. S. Patent No. 5,136,650, issued August 4, 1992, gives the
complete functional dependence of each matrix element on the directional control

25  signals.

Since the above-referenced Griesinger patent issued, the film industry has
developed a "five plus one" discrete sound standard. Many theater movie releases
and some home releases are made with soundtracks comprising five separate full
bandwidth audio channels, namely center, left front, right front, left rear, and

30 right rear, with a reduced bandwidth sixth audio channel intended for very low
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i nventi onwoewer3se both the | oudness of mon directionally ercCTasIsasddent s
of the input sound and the left/right separation of these el enents. :
Additional |y, decoders in accordance with the invention include -4- = _
frequency dependent circuits that inprove the conpatibility of the decoder
out puts when standard two channel material is played, that convert the
surround outputs fromtw for a five channel decoder to four for a seven

channel fdegostery effoetst ﬂaé%m@ldictﬂnnt dfesudbesdundtraéks Paypdiees spbaanaigitaln a
five channe) decodﬁr sQ that the sound direction appears to be nore |ike
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with thejinventi ] [ . - owqfre cy)
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parti culprintspnt videss ndrigh teheplepes oo whenee! satndtialcki mAttixiencbded Fomadt, n
the output; such that the diéection of a_strong input is encoded in the

phas®/ arkath aalogand digitak oSueh soundiracks areqnoeded sturing she r@i:gﬁﬁgugoc@ﬁs
b . . ' . e output w e
cgr ng?ﬁgm ige\%ﬁ}(l)na 1%3@%66%\3%1{0@11?% %ﬁf?@%&ﬁge%gc%rdtgpat ed Prat erialL applied

to the two reWhilepatleroivork dycGeivdinger ahd beha;sC@%@deﬁaﬂﬁdwtﬁdlﬂl%ﬁgﬁht‘s ofh
such a fgshion that the left/right separatign of the inputs w e .
preserve&’%%??‘i%éne‘?%@e? %&PE’(Hqua&e SuBY 8t vBYioys cagrals: the mpmhsigngls.he

pr eser B Bt ;
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decd@er svariable gain amplifiers controlled by the directional control signals, it is possible

to collect the terms of each output that are related to a particular input and
thereby to describe the matrix completely in closed form, so that the decoder can
be realized either in digital or analog hardware components.
In a standard film decoder, a boost is applied to the front channels when a
156  strongly steered signal such as dialog is present. This upsets the balance between
such signals and background effects or music, relative to the balance between such
signals in the discrete 5 channel movie theater system. An improved active
encoder described herein is needed to correct the balance between the strongly
steered front signals and music. There is also a need to improve both encoder
20  and decoder performance in regard to left side and right side signals. A further
improvement in the decoder is to limit the effects of abrupt changes in the
directional control signals to provide better dynamic response to rapid changes
therein.
In addition, the present invention constitutes further improvements to the
25  decoder of the previous Griesinger U. S. Patent Applications referenced above.
Summary of the Invention
The present invention is concerned with realization of the active matrix
having certain properties which optimize its psychoacoustic performance.
The invention is a surround sound decoder having variable matrix values so

30  constructed as to reduce directionally encoded audio components in outputs which
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~accor di ngyd éyyasggvent i on, and decoders accordi ng the Dol by pgtrafsda/isheo and
such that anti-phase inputs to the two rear channels of the encoder will =
produce outputs that will correspond to a non-directional signal for
decoders according to the invention and to decoders according to the "Pol by
standard, and al so such that |ow | evel reverberant signals applied to the

two rear inputs of the encoder will be encoded with a 3dB reduction in
| evel chi Y s n of
t he Daw@%‘ﬂ%ﬂ@l ve eadt i&?g@%)d] \)gé%l&ﬁgﬁ atglt% gi(r&?e c|lec§(f)i %Rgﬁ prg{elislgfr}{zé)

i nvent idirectionallgterfooded audio lkempppenteih thanuspuﬂih&ehmh/&m divectly9akvblveds

wel | as other, featyres angd advantaqges thereof, will best be understqod by
rof er oRR 2ePEPAUEDE Shemyith wfépﬂsa digactionseq B tHmaMmtAN ceRsiant setal

enbodi c mewgt gures,
wher ei gi%%r%?@ulﬂé gg'% oc mat 1 ¢ fmghﬁpecﬁgﬁ%%}é‘?g%%?%gw%%c |%n and a
twdh to rfghtecharmai e:lonqmmms sﬁcnbnedlmdtlmal eignids regardldsangf the sbeerpngesent

i nventi on, .but Cludl S ctsfuthrsowninF,Gs. 2 d 3;: FIG 2
o5 bFUielscrRddritarige tisdoBA R RCk Relh a8 1By otalatieowes 1ovel of gna
proces mh.&iréwaﬁalvmgﬁmsr@ﬂfe&ﬁzew RBRSESE vmét%? el ayé&mrialg ﬁﬁ&ﬁie'aﬁt rix

section of FIG he decoder outputs; FIG 3 1s a blo ematic of a
five-t sigealerare pnesent anéqnganiless dﬁﬂmmﬁentemiedl dizectigmifl pmsentssor whi ch

may alter Tata{ i/)xe(l,fgrre% embo 1%81?1: a surround sound decoder is provided for
10  redistributing a pair of left and right audio input signals including directionally
encoded and non-directional components into a plurality of output channels for
reproduction through loudspeakers surrounding a listening area, and
incorporating circuitry for determining the directional content of the left and right
-audio signals and generating therefrom at least a left-right steering signal and
15 center-surround steering signal.

The decoder includes delay circuitry for delaying each of the left and right
audio input signals to provide delayed left and right audio signals; a plurality of
multipliers equal to twice the number of output channels, organized in pairs, a
first element of each pair receiving the delayed left audio signal and a second

20 element receiving the delayed right audio signal, each of the multipliers
multiplying its input audio signal by a variable matrix coefficient to provide an
output signal; the variable matrix coefficient being controlled by one or both of the
steering signals. A plurality of summing devices are provided, one for each of the
plurality of output channels, with each of the summers receiving the output

25 signals of a pair of the multipliers and producing at its output one of the plurality
of output signals. The decoder has the variable matrix values so constructed as to
reduce directionally encoded audio components in outputs which are not directly
involved in i*eproducing them in the intended direction; and so constructed to
enhance directionally encoded audio components in the outputs which are directly

30 involved in reproducing them in the intended direction so as to maintain constant
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bet ween tiwoouipsd s of the matrix sectionr of FFG | and thePCFASd818390
outputs; FIG 4 is a block schematic of an active five-channel to

t'wo- channel encoder according=to the invention; FI.G 5 is a. .

t hr ee- di nensi onal graphical representation of the prior art Left Front [Ceft
(LFL) matrix elenent fromthe '89 patent and Dol by Pro-Logic, scaled so the
maxi mum value is one; FIG 6 is a three-di nensional graphical

r epr esertpedli pewer foreudh kiphads;twhilt tpres@ingihash sebhfition betwesh aheeftf 4194
the '89 patent and Dol by Pro- Logic, scaled by.71 so the mpinmmvalue Is
-0. 5 andighechanneh eamppnentssofinen-directignal sighads regardlessefthe gtgenng

gr aphi cagl. [ ' g!ﬂgﬁg r.aqt f .t . Of
the pri iérxglé%@., Eé@nga(ﬁ%dﬁﬁq{'tre gmhh%t%e n&%? el ﬁﬁang%?déﬂﬂé(gase@%s@qgﬁéﬁ%xi mum
val ue i spower l1dvielof Bonsdizettioresl sighamwsﬂf%mwelg fcapsiagit! vlvhsﬁiei'stﬁ?hﬁt i on of

the square root of the sumof the LFL and LFR matrix el enments from . .
appl P catdisectignalby engodedssignals peel PEasentang xegandless. of theirpntengledsdigection

t hree-di; gé | graphical representation of the Left Front Left (LFL)
matri x e: gn'en 'n V1.11; FIG 10 is a three-di mensional graphical

- represent at i Jfhi¥ inventiar alsal inghedespinepresetiefdtive emtodee fesmbadiments| vwhivht i n
ARGV MK R N RN KT

signals due to the boost of front signals which occurs in a standard film decoder,

10 and which also increase the separation between encoder outputs when
uncorrelated left and right side inputs are presented to the encoder. It also
encompasses modified performance in the film decoder specifications with regard
to left or right side encoded signals. A further improvement in the decoder relates
to the effects of abrupt changes in the directional control signals and limits the

15 more slowly changing signal to provide better dynamic response to the rapidly
changing signal.

Although the invention is primarily described in terms of analog
embodiments, an advantage of the invention is that it can be implemented as a
digital signal processor.

20 An advantage of the present invention is that the design of the decoding
matrix provides high left to right separation in all output channels.

A further advantage of the invention is that it maintains this high
separation regardless of the direction of the dominant encoded signal.

Another ad\}antage of the invention is that the total output energy level of

25 any non-encoded decorrelated signal remains constant regardless of the direction
of the dominant encoded signal.

Another advantage of the invention is that it can reproduce conventionally
encoded soundtracks in a way which closely matches the sound of a 5+1 channel

discrete soundtrack release.

30 Yet another advantage of the invention is that it provides a simple passive
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. function o

‘i nventi ogdof9sket M€ rear boundary between left and full f.ge&msﬁggatoéftis a .

t hr ee-di nensional graphical representation of the fully conple

Front Left (LFL) matrix elenent in the present invention as viewed fromthe
left rear; FIG 13 is a three-di nensional graphical representation of-the
fully conpleted Left Front Right (LFR) matrix elenent in the present
invention: FIG 14 is a three-dinensional graphical representation of the

t . . ' t . tzi on:
Fa g Wbl Ehaffidls drh %5 kgL bl e ARk SRAF il ERE °T o
of t heirorfivef ot horeqilameeloviti-remnt til&Bubjxeaivei diffetendehront tee five

i nventi.on, incl,u.%iéi]g the correction to the rear level, viewed fromthe left
rear; ¢haanelgrig -graph showing with the solid curve the center matrix

elenments th ﬂfg&u R Lor -an - | ¢ de [.as a
fA}Clg I N égvﬁgtﬁag% \;QVIR tt Btl ‘erB %tg %ég't%ﬁ?\ﬁﬁep%{%‘gagsc%ﬁ%&{y% %géag rt he
celt er wimch has dettemmperformahee Doirégpelt vo theileft derbright shrfdunld inputs tiaaph

and i Bt HbaERTEqTdh & Bapiae dbie el RSO t ho - 7o center matrix
o aphi cal | 1 piLe thédeckiur i Heivalton dnrptes o ndlly WEEA IRERIRNA Y.
LRL anchamie] ersiodgr,t amoter advantagd efvére snveintidh isithat with an added phase
correction network it can also optimally reproduce movie soundtracks encoded
10  with either the standard four channel passive encoder of the prior art or the five
channel passive matrix encoder which is an aspect of the present invention.

An advantage of the active matrix encoder of the invention is that it
provides dynamic control of the balance between strongly steered front signals and

- non-directional music to compensate for the boost applied to such steered signals
15 in standard film decoders.

A further advantage of the encoder is that it provides improved separation
of simultaneous left side and right side signals when decoded with a standard film
decoder.

An advantage of the decoder of the invention is that it provides more of a

20 - level change in the front loudspeakers relative to the rear when a signal ispanned
on either side of the listener, improving the apparent motion of such signal
sources. '

Another advantage of the decoder according to this invention is to limit the
absolute value of one of the two steering signals when the other is rapidly

25 changing, so that dynamic effects are better reproduced.

More particularly, the present invention is concerned with improvements to
the derivation of suitable variable matrix coefficients as previously disclosed in
Griesinger’s U.S. Patent Nos. 4,862,502 (1989), 5,136,650 (1992), the July 1996
Griesinger U.S. Patent Application No. 08/684,948, and the November 1996

80 Griesinger U.S. Patent Application No. 08/742,460, as disclosed in the Provisional
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FIG 19 iswoeyn2gsei cal representation of the nunerical sol utRQIU$18390
GS[ERR]) and GRlerr]) for constant power |evel along the cs=0 axis, and
Zero output al ong the boundary between left and center; FIG. 20 is a . _

t hree-di mensi onal - graphi cal representation of the square root of the surh of
the squares of LRL and LRR using the values for GR and GS according to the
present invention; FIG 21 is a three-dinensional graphical representation
of the pPhténtaAppleatieh filedl tSdptbmbert 1997 .e’![‘ﬁﬁgﬁévibfus_l}hﬁsé@%d&ﬁ@i%hté Nlre
channel decoder ?an_d the Dol by Pro-Logi c decoder) which can al so represent

the Cent&nphmaentedom arfiaceder seferead tahere peversion l-?é htThe pepssrdrigeantiong
ot 11 ¢ oV Ruanee PREGRaR hAEE B (hERbERTILS' Biita I BrEREBhuihelr )

t he sol i dpplicatioh No.cE8Y684,9Q8t pdUWENA9NaL8! tBine firsois acbdage ftorthiefdView
LFL and LFR, and with the dotted curve the center attenuation for a

st an@ar dOpHIEY Gorreqbipin the reayrhanpelsdcFhers is no ghange whempthe stearing s t h
t he soli ' I [.on. f ' A

hecor di nin £HE tBat Wrd R, bl Sadfobfit Hatthe AlslRwele bllset if BhEBNR

wor ks si gaddidtianih y'ehﬁbheputa bervtéll g&dshma!ilﬁtd . adﬁfét{%cé stuéﬁﬁgt\hentﬁﬁ%:ﬁrﬂ o gé Tlﬁe
attenuation for the.standar y. decqder. for conpari son; shows
the cent 8HtREY s[ﬁr‘l@gﬂ%ﬁahﬁscgdtq &10% piaginaldevel whenithgyabselpieevaiuesefithe control

inventi OQi'gn'ﬁ'Hrl rises from zero to 22.5 degrees, but is independent of the value of the

10  control signal |cs|. This change is described in the section on the TV matrix
correction, and is illustrated in the revised figures for LRL and LRR. An
advantage claimed for this revision is that there is less variation of the relative
sound level of the rear channels when steering occurs in the forward direction,
providing a more natural and smoother decoding.

15 The second change is in the treatment of the front channels and the center
channel. Extensive listening to the decoder version 1.11 showed that it is
necessary to consider the power in all channels in determining the treatment of
the center channel. The mathematics in the section on the center channel in the
previous (1996) patent application has been modified to reflect this change. The

20  assumption is that the ratio of the power in the center input channel of the
encoder to the power in the other channels should be preserved in the total
acoustic power at the output of the decoder. The changes in the center channel
require a different strategy for implementing the LRL matrix element. The
strategy given here is mathematically elegant, but involves a divide. An

25  implementation of this division uses a two dimensional look-up table instead.

Specifically, this invention comprises the following improvements to the
coefficient values derived in the previous three patents and applications.
- Firstly, adding interpolation to the LRL matrix element in the left rear

quadrant near the ¢s=0 boundary.

30 Secondly, correcting a software error in the LRR matrix element in the left
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‘FIG 26 W é435gsPh showing with- the sol id curve the val uey! &E@,ﬁt@ﬁ&led for
constant energy ratios with the "nusic" center. attenuation ?

present invention, with the dashed curve the previous LFR el ement
sin(cs)*corrl, and with the dotted curve the value of sin([err]); FIG- 2 7
I's a three-di nensional graphical representation of the Left Front Ri ght
(LFR) matrix elenent in the new invention, including the correction for

center v L FIG 28 is a three-dinensional

gr aphig%fr &a%ég{el%%lgpgdhgol? ?(@gﬁé&ﬁ% Left (CL) matrix elenent with the
new cent er ﬁ‘thmdly;‘ addirigocumplectity 6 tIROLFE and TR mibireh eltnoést st inetiulapt

| evel fromth Ieft front out put (dotted C and the center output
(sol i d¥eat 983 ‘??é‘ aSueh & H@t apgpemt sk Wef’rt@r#’@ egrpytput is agerl
Descri glon®thefeft¥6 Jted Enbodi ments The design presented here
preserves r@rugheo oxﬁf&?@él gn phil osophy of the previous decoders. but the

actual desi Goubtldyctriepajeohg thenhBYL amdi,FR mam:netenmﬁs@d they folliowr the
bounds of a ch t of .reagdabl e I&ﬁ&& conpl etely d ri be the
ovol ut PErvept S5 4 d05 glenerthe bepo SEMeth o centare andiomy righg tasent

here t RenERSihilPRithftdh geal Bamtaoﬁ th@elrd@%kﬂi“ phi Osophy, show the

mat hemati cal sol utions presented, and nmake clains on the
sol utions t th,ewdwlaMg\the htnaﬁlemdhld:alruyalyslsrfay the I.LEIefanld LBRconsul t

Exper | ElEaeatn HiekoBt ot tariianhe T dhiect S TrdleSian (Wbichugdps kryomdd
Nonembeke ‘1961 45Htkh Im@akecthb%é%?ttﬁa‘%aharggopﬁwé/b&&ﬂé}?d &@Ie f %een o

application has led to additional inprovenents that have not
along the ¢s=0 axis. An advantage of this invention is to reduce unwanted

variations of total power as a result of steering.
Sixthly, including a redesigned center channel boost function, which
increases at a lower rate than the one in decoder version 1.11. In this aspect of
15 the invention, an advantage is that the center boost function has been chosen
carefully on the basis of listening tests to give a minimal sense of motion of vocals
or dialog between the left and right main speakers and the center speaker, while
maximizing the left — right separation of instruments which are present along
with the vocals.
20 Seventhly, adding a special function CF which replaces the previous boost
in LFR along the Ir=0 axis with a cut, the cut designed to preserve in the sum of
- the powers from the outputs of the decoder the ratio of the power of the center
componenf of signals to the encoder to the total power of signals to the encoder.
An advantage of this aspect of the invention is that this procedure makes vocals
25 in music, and dialog in films, have the identical balance in the decoded
environment that they did in the material before encoding. This procedure also
preserves the balance-in recordings which were originally mixed for two channel
playback. The new function CF remains close to zero — that is there is no
subtraction of the right input to the decoder from the left input of the decoder

30 when forming the left front output, and this low value is maintained until cs
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- di scl osed.-wOhy/s23appl i cation will present 4he nbst essenti al PCFAISISR8I%T t he
I nproved encoder and decoder of the present invention, and wll nake clains
on the novel features that have been added since U S. Patent Application
No. 08/742,460. 1. General description of the decoder The decoder in thi’s
application will be described as consisting of two separate parts. The
first part is a matrix that splits the two i nput channels into five output

channel sreashés hbant 30sdegreys towatd thedras. CAtAE, contfdl dignal cs iricBasdy Gdr,
left rear .and ri %ﬂlé rear. The second part consists of a series of delays

and fil tt&is range thegenjer geanpelclevehrisps rapdly abdizst dp a walueaboutpddB |
. f_t ti j ' I 1jona

o ©of 1o than (1 YR K63 Doy BYIELOEE?AMINEL haldsboiSEANE A8 Bbds OO

t he decdstgrond 80 degreey therceapat lovel irises Napidl§/ t64thelsint hnaseaanduped fomas

not explicjt - the, . t addj tjonal channels were derived froman additional
pai r501l‘o ]:?ﬁh}yi ?r@-E@g@q,}[A&‘hiergf unghipg; Hse desxeasgs rppidiiaverdhis sanguat | onls
descri bi - 2NC, | e a [
convent | Szt aSnE RS RIbERCGE BT reltbolly the Binidiah SHBICH P BRY AP
whi | e veright feprtndutiputs. dte valueodfiCFoaies drape rapilly a0 dhegrevidss ddlkie when

from a nifcabsBrabi ah donved B Ayl soRrbachanERe PREBA2ERannel will bo
h i X . [ .S i ._and
Corr are descrighes nfSfoiaths a it Wrfedifi APUFE pBlf dufter ibbrix

10  elements which corrects the level along the boundaries. This aspect of the

invention conveys an advantage in reducing level fluctuations during steering in
these directions.

The principal advantage of this invention is a reduction in the variations of
various directional signals in the presence of strong steering, especially in the rear

15  signals when steering is to the front; and in center signals when steering is in
other directions. This is seen particularly in the corrections to TV matrix
decoding.

An additional advantage of this invention is that it provides a smoother and
more transparent reproduction of the surround sound effects without unwanted

20 variations of the total acoustic output of center front signals due to steering
activity.

Another advantage of this invention is to more accurately balance the levels
of vocals in music and dialog in films with respect to the non-directional sounds so
that the balance is identical in the decoded environment to that in the material

25  before encoding.

Another advantage of the invention is to preserve the balance in recordings

that were originally mixed for two channel playback.
Brief Description of the Drawings |
The novel features believed characteristic of the present invention are set

30 forth in the appended claims. The invention itself, as well as other features and

-11- This Sheet Has Been

I 1)



product syefoofi¥sgesepar at e sinple-variabl es. Ot her variabl epcissdnsasnd-[err]
do in some sense represent the values of left-right and center-surround

rati os, but -10- in ternms .of control signal voltages derived fromthese
ratios. These conventions have al so been used in the previous U S Patents
and Patent Applications cited in this docunment. Program segnents in the -
Matlab | anguage will al so be distinguished by the use of a different type

face agglvé}l s%héfec@”@g}ll?%ebpﬁ Jé%/atgolaﬂs{ﬁr FBfShce uﬁ{e’ {B v‘}ﬁ%xéld néetg o

nunber ed, I st1 ngul them t1 ab ™ assignnen

provi déesa:rrpd:im eﬁan 1llustxsa|mxe| émbodnnemlr wheda=adi inecbrjenetion witksthé, whi ch
Is identical taq 4% rs}i at ent Application No. 08/ 742,460, shows a
bl ock ARPRANBPEIHEWPE g‘H&FtW T¢¥Re decoder, a two channel to five

channel mat g 9Gs 4 TBﬁ)ck@cheﬂth{cﬁfe a fasivd rﬁﬁfﬁktﬂcﬂpf%ulﬁ/o d'§ éfeg'l dashed

| ine shows a neans for deriving t fwo steering vo ages [err]
Thése aodordigesto tipe primmtarthe degree to which the input si gnal s have an

i nherent or cqded djrectional onent in_t left/ri or fr ack
di rections Fi@pgéﬁiav 1 ﬁsﬁh ematig ?Ingfs‘:‘l“h i EPHW mat 'g'é\’dSRﬁicF %{‘]Pg 0
di scusggdpiidridits appli cat ion as it has been fully described in the above

pat ent application which is incorporated herein by reference. In FIG 1 the
di rect i onal Fdet 8cisi @ hlaskegeheviatiteoba divedtharmebrenspder fireprodusirg? Dolbsywough

[ne. st ENBRRSEM oRsfRuaR A disct ol Fonfich sBmdery hesordime TS

10  present invention;

FIG. 4 is a block schematic of a five channel embodiment of the decoder
according to the invention;

- FIGs. 5a and 5b show detailed schematics for a typxcal phase shifter that
may be used in the circuit of FIG. 4;

15 FIGs. 6a-6e show the relationships between various signals in the decoder
of FIG. 4; _

FIG. 7 shows a block schematic of an active encoder according to the
invention;

-FIG. 8 shows a phase sensitive detection circuit for generation of an ls/rs

20 signal for use with the phase correction circuit of FIG. 9;

FIG. 9 shows an input phase correction circuit to be applied ahead of the
decoder of FIG. 4 for optimal decoding of passively encoded movie
soundtracksincluding a graph showing the relationship between the control signal
ls/rs and the steering angle O, ; '

25 FIG. 10 shows a block schematic of a simplified active encoder accordiﬁg to
the invention, also including a graph of the steering angle Q4 against the control
signal rs/ls; |

FIG. 11 shows a block schematic of an active matrix encoder having

amplitude compensation for strongly steered front signals and better separation

N
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- the anmpuntwefoonasds | nput channel that is 1inearly conbined vedirusdsassdoher
~input channel to form each output channel. These matrix elenents are
assunmed to be real. (The case of conplex matrix elements was described in
U. S. Patent Application No. 08/742,460 and will not’ be discussed here.)"
The matrix el ements are functions of the two steering voltages [err] and
[err] U S. Patent Application No. 08/ 742,460 presented mat hemati cal

for mul ae ffosirhiRa8eodd side idpiits] heddvrdinatd tRé m&mmyel ty in this
application lies in inprovenents to these fornul ae. é%esent t hese

formul ae gr apfil&s- 1h2aahéc ghow mpbxcpﬂlbnﬂnfc yariagion/then@l, tGR e &R signals

Fl G
1 The sf8 PO DEATISHADE R of He BRETL R Bmir B rghe R et o
the rati el&thehbeak etéering goes fidrhtlefictodeft sidel ifddhe9en dodet Ve Fncahn | At
anplitude at termnal_ 94, and_the Iogarlthmof the rati o of the sum

anpl iQ ude to thi.dl3 shewsgraphisallythe ma:cmugnrpemnngsnbhevamesl of edaefits it

t hat m, +45 rees
|3 COme LB\ SoERNA Sph UL by B0 oS PRaB0 S R e 2n oo
uni ts of adrbidietes, a¥\appiiedonneley dedoder F G, MoP Bha KBV & %hhﬁn@ﬂﬁbﬁ%ntmer e
lr= 90 - arctan (10 [err] ([err]/20)) (la) =

90 - arcttBArofp A ((c/s)/20)) ... (Ib), The angl es

i recti onal cansbniat pavapeaies gbittal Vo Miltdt BRERISGHE she dotimeer

10  left (LRL) matrix element in decoder version 1.11 of the general type shown in

FIG. 4, illustrating a discontinuity near the left vertex;

FIG. 15 similarly shows the left rear right (LRR) matrix element of decoder
version 1.11, illustrating a discontinuity in the rear along the Ir=0 axis;

FIG. 16 shows in perspective graphical view the LRL matrix element as it

15 was intended to be in decoder version 1.11, as contrasted with the flawed matrix
element in FIG. 14 which was actually implemented;

FIG. 17 similarly shows the left front left (LFL) matrix element from
U.S.Patent No. 4,862,502 and Dolby Pro-Logic, scaled so the maximum value is
one;

20 FIG. 18 similarly shows the left front right (LFR) matrix element from
U.S.Patent No. 4,862,502 and Dolby Pro-Logic, scaled by .71 so the minimum
and maximum values are +0.5;

F1G. 19 graphically represents in perspective the square root of the sum of
the squares of LFL and LFR from U.S. Patent No. 4,862,502, scaled so the

25 maximum value is one, showing that the value is constant at 0.71 along the axis
from unsteered to right, while the unsteered to left rises 3dB to the value 1, and
the unsteered to center or to rear falls by 3dB to the value 0.5, in which graph the
rear direction profile is identical to that of the center direction;

FIG. 20 similarly represents the square root of the sum of the LFL and LFR

30 matrix elements from the previous U.S. Patent Application No. 08/742,460, scaled
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-decorrel eﬁ, %th | r and cs are zero. For a signal that E TRisod/ 14309 the
center onI ? Is zero, and cs has the val ue 45 degrees. For a S|gnal t hat
cComes fromthe rear, |Ir is zero, and cs is -45 degrees. Simlarly, a signal
that comes fromthe left has an Ir value of 45 degrees and a cs val ue-of
zero, and a signal fromthe right has an |Ir value of -45 degrees, and a cs
val ue of zero. W vm' |1 assunme in our design that the encoder that creates

t he enco d_si gnal t he pr.aperties that when we en r.ear
Si'gnal f £he mSaaite PR S AN GARSILNEE illontiEd VRO B U enfifs
appl i egigh® Hdlﬁoftﬂélblwrandﬂﬂm géﬂtlb'iﬁseefw&‘i’@toxﬁéﬂﬁm@%ﬂ%leﬂﬁe& of Ir=22.5
degrees, and cs= 22. degrees -12- Fromthe definitions of |/r and c/s

and t he der FIG: i2dnshews in persRestivetgraphidsdlysthenleftfront heft SLFL) onatuis

ai aes it T Bl dle BN, el T30, BEaEEARE bR e BR0SH T8 s etoRs ooy
=4% degdi RS toMardi depiér & gpplied bath al(ﬁfgumlw abes, 2hd Hlongdhedefthiat i e
al ong the boundary of this.surface is fully localized - that is it consists

gf a skewftes heyndearyhand Hedgo bbeﬁe@u%mm {eyel aeethersaernganoves tathe rear;
| rection. %@;izzs ?Ax‘l %h'o% 2 ];@#I ﬁgg&g]?fféﬁﬂ?gn %Ferﬁfentgflg‘?ﬁlgg e the

matri x el eneén nct ons over I Mensi surtace ener al

the degomrtt amplitudecalong thy leftegvedtinterbbindgry]idsiwelnls alongthef cumter to
gquadrants of this surface. In other words the matrix el enents are

di fferelr&hf'yb%&%m’bed dependi ng on whether the steering is forward or
reggward, aggaval fex Jhhph $howing the behavior of LFL and LFR along the rear

boundary between left and full rear, where the slight glitch is due to the absence
of a point at 22.5 degrees. '

FIG. 24 shows in graphical perspective the left front left (LFL) matrix
element as viewed from the left rear, illustrating the large correction along the

15 left-rear boundary, which causes the front left output to go to zero when steering
goes from left to left rear, while the output remains zero as the steering
progresses to full rear, but along the [r=0 axis and in the right rear quadrant the
function is identical to the Dolby matrix;

FIG. 25 shows similarly the left front right (LFR) matrix element, where

20 the large peak in the left to rear boundary works in conjunction with the LFL
matrix element to reduce the front output to zero along this boundary as steering
goes from left rear to full rear, and once again in the rear direction along the Ir=0
axis and in the rear right quadrant the element is identical to the Dolby matrix;

FIG. 26 illustrates the root mean squared sum of LFL and LFR, according

25  to the present invention; '

FIG. 27 shows the square root of the sum of the squares of LFL and LFR
including the correction to the rear level, viewed from the left rear, showing that
the unsteered (middle) to right axis has the value one, the center vertex has the
value 0.71, the rear vertex has the value 0.5, and the left vertex has the value

30 1.41, and showing the peak along the middle to center axis;
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to the | efywoenridge right. Considerable work is-devoted to i mgvosygnsdvat the
surface is continuous across the boundaries between quadrants. The '
occasional, lack of such continuity is one of the problems with the decoder
of V1.11 that this application will address. 3. Freguency dependent -

el ements The matrix el ements shown in FIG 1 are real and thus frequency
~independent. Al signals in the inputs will be directed to the outputs
dependi ng on 6. & isV&¢raph! owihgaida Glid (diivk MReéntéM nftrix ae as a
frequenci es and very hi % requencres are attenuated in the derivation of

| r and Clumetien pﬁé}g o B, Asgnmingippunid pewer natios idewtical ol Berdo, adualvesbrg

the matri jtself.is,hroadband. have found,in practice t.h t her,e are
several Dy aagwix BletERR RRth balieRs KomsR ik weRs s, byripaiby e, atf s
signal s af tdettddeurvt khy.actisl ehlueh6fSthd Efter Reytrie BRIAEREs & PPalLlogic, the
phase shift network 170 at the right side output 180 in FIG 1 - has been

descri bedllustrating thedt whileAbel actual values. gigs/reasouidie seduttistfob anf umsteered

di scussed. hene, Fl shows, a. fi ye channel , versi of , t he addi t i pnal

fr equencﬁl%&}eﬂb‘gﬁ?uéﬁ? oered s oHEY; BTR ?go'ﬂ%i%ﬁé] Fag, Loy @%3@85&% ters.

The frequency FIG 2®yihilaglyashicis bS LeiaNderte tHe VARSI PAVRL YRSHIE and
cs. The circuits acconplish several purposes. First, in both a five channel

and a sefdMERtHARTUHIRS gaRal PAWErTEHIOR daattertop gbvars the matrih eleapgntiseand
| oudness g foh Sk &P REH o' Bolty AL 1S5S MIFL WEhESERIDLS DR
10  values of the center matrix elements in Pro-Logic, illustrating that the actual

values are more than 3dB too low for all steerings.

FIG. 80 shows the square root of the sum of the squares of LRL and LRR,
using the elements implemented in decoder version 1.11 illustrating that in the
front left quadrant there is a 3dB dip along the line from the middle to the left

15  vertex, and nearly a 3dB boost in the level along the boundary between left and
center, also showing the “mountain range” in the rear quadrant and including the
“TV matrix” dip of 3dB at the center of the plane, which is hard to see in this
projection;

FIG. 31 illustrates graphically the numerical solution for GS and GR for

20  constant power level along the ¢s=0 axis, and zero output along the boundary
between left and center;

FIG. 32 shows in perspective graphically the square root of the sum of the
squares of LRL and LRR using the values for GR and GS according to the present
invention, illustrating that except for the .valley created by the “TV matrix”

25  correction, the sum of the squares is close to one and continuous;

FIG. 33 shows similarly the center left (CL) matrix element of the four
channel decoder (and the Pro-Logic decoder), which is also the graph of the center
right (CR) matrix element if left and right are interchanged, showing that the
middle of the graph and the right and rear vertices have the value 1, the center

30  vertex has the value 1.41, but in practice this element is scaled so the maximum
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-tovard the dopesk (¢s> 0). In U-S Patent' Application No.'Peg/Ugglgmgﬁp.thi S

attenuation was perfornmed as part of the matrix itself. and was frequency

i ndependent. We have found with theoretical studies and listening tests
that it is highly desirable for the | ow frequencies to be reproduced-from
the sides of, the listener. Thus in the decoder presented here only the

hi gh frequencies are attenuated by variable |ow pass filters 182, 184, 188,

and 19‘9a1u-£hi' soﬂ acconpl i shed by attenuating the frequenci es above 500Hz in
the re&t ‘Channers by means of elenents 188, 190, and above 4kHz by neans of

el enent sb18EIG184dshmesnfdrrmmpmfomme semﬁarlgﬁtfmmgxfelmuht fuh tﬁé decbder d,

usmga ac roun c . 86 to, he defi ne ater in this

appl | CHENSIR d:]ed?l ‘Bﬁ&&‘ ﬁ?ee 85@ é‘%cﬁ%@? Fight and §Q%’eY@E§1qe§é¥3N§rl&9n

reduceg dﬁ& rﬁaﬁs 'm A €& ﬂ{cgeéé@t tﬁytc&qgér e%é % fgﬂ P99 in
enco channe erla

surroun materla fromordinary two urther
el 65nent\80]sh®es194, in the five channel version nodify the spectrum of the

sound when eering is . toward the rear (cs,<.0) using the -14- cl/s
signal 196 E&%rém%g@m}ua MR §°1§<§ém*§eo the qea&%ﬁ atiépuation nepded
i st e“FJg tHY OFL faddBFR @&lh‘é@'ac@@:]%éhg% the PrasédCinVetion iﬁh@o@gieggg%f' eft

surround and right surround signa ppear "at termnals 1
r especthe ebyterAnuaporend of dbieanipnt signdliis toilrecprdsenwdd i cheifromt threa | at er

? reg;:]g %:fuage]gl Y gq?pxc'%n%slur{c%eases%owara q’.%e frgr?te asnedvalgocsrfl%rv]vnsea!ts ae({o%:{:gci] cOf the
10  the center values for a standard decoder;

FIG. 36 shows graphically as a solid curve the value of GF needed for
constant energy ratios with center attenuation GC, accordsing to the invention,
and as a dashed curve the value of sin(cs)*corrl (the previous LFR element), while
the dotted curve shows sin(cs), illustrating that GF is close to zero until cs

15 reaches 30 degrees, and then increases sharply; -

FIG. 37 shows the left front right (LFR) matrix element with the correction
for center level along the [r=0 axis, indicating that the value is zero in the middle
of the plane (no steering) and remains zero as cs increases to 22.5 degrees along
the [r=0 axis, falling off to match the previous value along the boundary from left

20 to center and from right to center;

FIG. 38 shows in perspective the center left (CL) matrix element with the
added center boost function according to the invention, also showing the correction
for panning along the boundary between left and center;

. F1G. 39 illustrates graphically the levels of the center output and the left
25  output as a signal pans from center to left showing that with the correction the
panning of the center, while not perfect, is reasonably close to the inverse of the
left output (the values on the cs axis are inverted); and
FIG. 40 shows a block schematic of an active encoder according to the

present invention.

30 Detailed Description of the Invention
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el ements. . wooef3sée the first set of filters 182, 184, 188, rCa0yssnsgnuat e
- the upper frequencies of the side and rear outputs when the steering is

" neutral or forward, again controlled by the background control signal 186.
This attenuation also results in a nore forward sound image, and can be~
adjusted to the listener's taste. As the steering represented by the c/s
signal 196 noves to the rear, additional circuits 202,204, 206, 208, act to

di fferenti at ePréfersddlenbsidpmentd oD thé hevératdn tmdlades fife chhapel AAd®EE6en
rearward the attenuation nentjoned above in the side speakers is first

renoved @yamneldanodenwith maasigeurolaiernl repagatipnealiboushagtersmes willkbe S
s then PARorar i and riret BExcEtes R Biaf P el fudBH 3k putte

snoot hl ynbndbers vf chanmeld asdegbakers to the side | oudspeaker(s) and then
to the rear |ogudspeakers, which have a_delay of about 10 ns, produced by

the @el ay el ef@rlesigmng 3 passiyg mafag.ctheencading vali be assameddorfollon thet ed
by these_ GGt £ [ETeNt i ' '
7L+ eapostrate Doty Subitrd SIMER ma M adeh Halobk UneBRESTES dhiP g
mot i on ofeft batputisignaldedm, the dedoder fi:el'zip'ritlsesCﬂhetlb'ftsiriﬁmﬂﬂ3 tli:ﬁﬁtsltﬁﬁaz1 \thlégzentexl'

rovide additjaonal details t he Ci itry | I . -15- . .CGenera
Gescr i pt Fotholel Repghtanes OF) @meUSHEGS of $rode) a&aﬁlw tdnpuh dimes 0.7;
desi gned I.Gad: j Xefo ' ?9%16 n | . t S.
The ar chlﬂiu?act re i hgﬁ%‘%%algsf grfeiﬁ?t r n%? e%éﬁiclgﬁéer%hgéé%?itg%&%% ({iﬁsg@%
Pat dft Apipé saat obthéldeft input times 0.7 and the right input times -0.7.

Referring to FIG. 1, there is a simplified schematic of a passive Dolby

surround matrix decoder 1 according to the prior art, in which these signal
relationships are maintained. The A (LEFT) and B (RIGHT) audio signals are
applied respectively to the input terminals 2, 4, and are buffered by unity gain

15  buffer amplifiers 6 and 8 respectively. They are also combined in the above-
specified ratios by signal combiners 10 and 12. The outputs of buffers 6, 8 appear
at the LEFT (L) and RIGHT (R) output terminals 14, 16, respectively, and the
outputs of signal combiners 10, 12, appear at the CENTER (C) and SURROQUND
(S) output terminals 18, 20.

20 As stated previously, this matrix has constant gain in all directions, and all
outputs are equal in amplitude. when inputs are decorrelated.

It is possible to extend the passive matrix design to more than four
channels. If we wish to have a left rear speaker, the appropriate signal can be
made by using suitable matrix elements, but additional conditions are required to

25 form a unique solution; the loudness of the decorrelated component of the signal
should be equal in all outputs, and the separation should be high in opposite
directions. '

The matrix elements are given by sines and cosines of the direction angle of

the output. For example if the angle @ is defined such that ¢ = 0 for a full left

———
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-08/ 742, 4 ©bject of the new design is to preserve t'i%'l?%b’ik"/i
bal ances% {?g five channel original, while providing phase/anpl iﬁt ude cues

that allow the original five .channels to be extracted by the decoder. The
previ ous encoder had simlar goals, but there have been irnprovenents -in the
met hods used to achi eve these goals. The preservation of nusical bal ances
I's hi ghly I nportant in the encoder. One of the primry purposes of the

enCode bt BaBUL HER I Bl RS And WDl KoRL cBalduRaphE e

recor di’h I'n~an ordr nary annel "system w he sane
arti st lelerﬁuﬁts axe:as the f| ve channel or| gi nal . The -new encoder design

I ncl udes acti ve elene s to ensu t hat\ nusical ‘bal ance is preserved.
Unli ke the é-rf&) H%B%vé 2} 97 application the new desi gz 1hi 1 ows

I nput  si gnalIﬁghi?xﬁﬁtéﬂéﬁfé?ﬂeﬂ?L‘@ﬁ gy of the five inputs of the encod Lt

For exanpl e, sound may be panned fromthe left -front input to the rig
read input. Mmfm-fm:r%ulbbﬂmgnam eleamerets aveghl, as specifiddbybthd he decoder

descri bed IS a icatjon the result will be:quite close to the
origi néFa%éﬁHiiB %&Egg'rﬁ{}‘ 41%@4‘ an earlier surround decoder will also be
simlar 1o g Pddtﬂbﬁéﬂemeﬁtg%{sadéfﬁi’edj% %ﬁhﬂhbﬁ@ (‘i’f ahQ§258£048lidok o £ | OW

in alater section. 5. Design goals for the decoder active matrix el ements
The nodfulbleftrtgost 5186T (fubleright);, avhererthersigniof 4he mateix ebahenbfarileftyoal s of

our-pr %Ia%lgj:gs deﬁcordt% Sleﬂ:D aera:[rI (fﬁjellcﬁ'a:% ttzhg%eg ?xgonqef)sctr ! %d tHat ﬁme g?éneo Y 16_
10 right component is negative. For the right rear quadrant, however, the left matrix
element sign is negative. At center rear, a = 270" or %90°, and the two
components are equal and opposite in sign; conventionally the right signal
coefficient is negative in this case. This c_oulﬂ be spe'éiﬁed by stating the range of
a in equations (1) and (2) as [-90°, 270°), where a square bracket implies inclusion
15  of the adjacent limit value and a parenthesis implies-:that the limit is not included
in the range. _
The separation between two outputs is deﬁnedE as the difference between
- the levels of a signal in one output and the signal in the other, expressed in
decibels (dB). Thus if there is a full left signal, the nght input component is zero,
20 and the components in the left and center outputs are 1 and 0.71 respectively
times the left input signal. The separation is a level ratio of 0.71 or —3dB (the
minus sign is normally dropped.)
The separation between any two directions which have an angle difference
of 90° is always 3dB for thi53 matrix. For directions separated by less than 90°, the
25 separation will be less than 3dB. For example, outputs at full rear (a = -90°) and
left rear (@ = —45°) will have a separation given by:
Separation = cos(45%) * L / (cos(22.5%) * L) = 0.77
= 2.3dB B (3)
This situation can be improved with an active matrix. The object of an

30 active matrix is to increase separation between adjacent outputs when there is a

18, This Sheet Has Been

— I !lll



Appl i cat i onONV12388/ 742, 460 - "The invention is-a surround s®OTAISKEAZIOr
~ having variable matrix val ues so constructed as to reduce directionally
- encoded audi o conponents in outputs which are not directly involved in
reproducing themin the intended direction; enhance directionally encod€d
audi o conponents in the outputs which are dlrectly i nvol ved in reproduci ng
themin the intended direction so as to nmaintain constant total power for

such si gdiaketiondlly engodsd sikny dt i degpdentinpit)eWie edn tlisy raikk thiednidsivh
channel corrponeci][s of non-directional signals regardl ess of the steeri ng

si gnal s; olhewrich aidece elf hehavriiwhen thef mpags gensiss engirgly ef deeorpelased

n " | t
Vel 1l SURAPI: RS L GEL U IR OB b
di r ect i osiginfal [alndsmilism l[ﬁﬂ;hlsof:oriﬁeﬁﬁ ewg@lhlaﬂ ﬁﬂieﬁtlﬁ)@ wordi "bhisishes denbie ahy

ITB.tI’IX decoders. nQvelty._in thjs ap |cat|on lies in part wth know ng
how Bo |§@¢ J cﬁfemqh %O%kéﬂtéfc&ﬁr qthyth eamemmp'alr eongrohsignals

e LB R oAl etV G Shy “ﬁ*ﬁ"’*ﬁ*eﬁ?%%ﬁ%&gépa‘?ﬁ@nt of

t he previms sigahls ase tffectixellyi zrb. mai nt enance of hi gh separati on between
the left and [j channe| s . of the decoder under all conditions. Al

previ ous four&é’%aé?Héwlﬂgdi?éég%cﬁ'F@‘ﬁﬁﬁﬁy et 2PRISthta RRY ROSEfeIIA6HX, Boting
rear, o PLRMI oW e cha

decoders oméo}hﬁ%r manut ac?mm)‘é?i;imé%m rﬁ{sstzfr%lg&g%'%w de%bﬁgrr%{r%l mgcgrreﬂ%e
decdder detcribed in this appllcatlon neet s thIS goal in a S|mlar way as

f ) - b dd [ 1 U, . S. Patent
Aol i cat ivén N op Wih 486 is Bodtecorratathaepal ire chonls bo aneipwmes | he
desi gn, g%u@ﬁ*oﬁi EEbéd ShafnélBEAR14(28 REGIY 60 gLvoWé‘d fﬁ 2ehtfhcthg RALS

and a vari abl e phase shift network to swt ase o0
directional signal. For example, a signal which is intended to be reproduced at a

location halfway between right and center should produce no output in the left
15  and rear channels. Likewise a signal intended for center should have no output in
either left or right outputs. (This is the principle of pairwise mixing, as extended
to surround sound reproduction.) _ _
B. The output from the decoder for directional signals should have equal
loudness regardless of the encoded direction. That is, the sum of the squares of
20  the various outputs should be constant if a constant level directional component is
moved through all directions. Most current art decoders do not achieve this
criterion perfectly. There are loudness errors in all, but these errors are not
significant in practice. This is the constant loudness criterion. -
C. The loudness of a music (i.e. decorrelated) component of an input
25  signal should be constant in all output channels regardless of how the directional
component of the input is moved, and regardless of the relative levels of the
directional component and the music. This requirement means that the sum of
the squares of the matrix elements for each output should be constant as the
matrix elements change with direction. Decoders in the current art disobey this

30  criterion in ways which are often noticeable. This may be called the constant
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of the rggy 799ﬁ93%@nel s during strong rear steering. These fgéif}ﬂ,rs%mg;othe
decoder -1 V1. 11 are retained in the new design, but wll not be

covered in this docunment. In FIG 4 the front input signals L, C and R are
applied to input terminals 50, 52 and 54 respectively. L and R go directly
to the adders 278 and 282 respectively, while the Csignal is first
attenuated by a factor fcmin attenuator 372 before being applied to inputs
of botﬂ gp%%ﬁea;ﬁ and 282. The | ow frequency effects signal LFE is passed
againo in element 374 and then applied to both adders 278

and 282 ThE.surMansmnn betwedrs théSreprddiStiahefapdbédrdelaliéd ugdisit wo i nput
termnals 62 apnd 64 respectively each to fwo separate paths: for the LS

si gnal SOYPRENERY ANLH e rernodichpn P g ﬂ’d’§c@%@ll figpal p z%ﬁthePTerﬂStléfﬁgnal
passes év}é E’ﬁg'n%z GHitd l%&gt‘ 86hodth1 “eﬁ?& ﬂivcﬁ?@ oY stthtg‘:‘lhq; y S@P The
t hes an

outputs o are passed I1nto c oss coupling e 386 havi ng
a @ai ndirection offthecsoundavh®his criterion maisnahbl;até)d Sﬁ&ariﬂtfs sipnificatt uphys
. Si gnalé ({%}mthese el errent are ged t su 392 and %54 whi ch, al so

ecel vBYdREoteTRiR, the GUTTeRt 4l & SheGonstant diraehon Srisroang
392. The outxﬁtaﬁhﬁfdéddaaﬁwnéﬁ%nué%e ﬂ?e éﬁé&ﬁg% x?fennmg@ gg%g%gug%ﬁers

278, 282. This positions the elenents respectlv at 45 t and
ri ght eﬁrmndesomahrepmdmlmodmﬂad mp@mmoiihesa)tchrtensndh aibobe alveb s ses

iy o R YRR Tl Ll 1 1) o S

10 . The signal Intended to come from any direction in the front of the

room, from left through center to right, should be boosted in level by 3dB relative
to the level such a signal would have in a passive Dolby Surround matrix when
there is little or no decorrelated component of the input signals (i.e. no music is
present.) When music is the dominant input signal (no correlated components

15  present,) the level is not boosted. Thus as the decoder makes the transition from
a music only signal to a pure directionally encoded signal, the level of the
directional signal in the front hemisphere should be raised.

The optimal design of a decoder which matches the Dolby Pro-Logic
specification should have decorrelated music constant in all channels except in

20 outputs where there is a strong directionally encoded signal, and the music in
these channels can rise in level a maximum of 3dB proportional to the strength of
the directional signal relative to the music. Music level should never decrease in
any output where there is no directionally encoded signal. This may be called the
minimal gain-riding criterion.: '

25 In all current active matrix decoders an implied principle of operation is
that in the absence of a directionally encoded signal the matrix should revert to
the passive matrix described above, as implemented for the desired number of
output channels. This assumption appears at first glance reasonable; however, it
is neither necessary nor desirable from the point of view of psychoacoustic

30 perception. Decoders according to this invention replace the above assumption
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- then throomb9wi2s8en | ar arrangenent of cross-coupling el enenPCTASHS/38B0402,

- 404, 406, and 408, the summers. 406 and 408 havi ng outputs representing |left

~rear and right rear inputs at- 45 degrees left and right of center rear,_ as

before. However, these signals now each pass through phase shifter el eménts
234 and 246 respectively, while the left and right signals from adders 278
and 282 pass -18- REPLACEMENT SHEET 0 2 MAY 2000 through phase

shi f t er ewvitheatregdttreaneht?288 respectively. Each of these phase shifter

el enents is al |l -pass . filter, the phase response being [err](f) for,

el enent s 286aﬁnd 2@8’, aglave P@que(rfl}m%{‘éimﬂ‘f;avél@ﬁ%m@n? eppliséppgation at

Cal cul at 119nR; t C r ' g - | -known
Tt he o e Bt SRRk E0UETn of MlbhielaeRd 656, bbb fnd FoX it 0
out put s signaisriretke $06seme ¢fl darcetionaHykricodbd Gighals eForf eraitiples iPfGe antbic

282 90 degrees .at. all .frequencies after passage through_ the all-pass
- fil tg?/ n%‘gﬂ&? i’é’sa‘éw RS WY Hﬂgﬁ nleﬁf’? €elgs ontx oprthe mgbgs@asetlmm@szm
and 286 ' i t . r : ut
ol gnal gt SRILEREA oeS RS of the SrBitfl i2airdGith of'a by i)
~ conbi nedptasentidieectiftal tsigmalo dlthis tdymiferoent caghinly betreldxel gisn atstrong

t I nal ,46. .Th in f ti fs.and fc are, designed to allow strong
sur r oundASFGHAREY $nseded sianalda heinpramover tromyan outent shuFbShARId Bokeak

sur 1 0UNGr & Rles iR Tnddl B doliRitiths] WeHuBIARE Hibb ifidePa nfeds 1A' "

10 matrix elements are altered to add more energy to the affected channel from the
direction opposite to the steered direction. This will reduce separation, but this
separation reduction is difficult to hear in the presence of a strong directionally
encoded signal.

The need for high separation (especially when there is no directionally

16  encoded signal) comes from psychoacoustics. Prior art has conceived of the matrix
as inherently symmetric, with all directions being treated as equally important.
However, this is not the case in practice. Humans have two ears, and in watching
film or listening to music they generallly face forward. Thus frontal and lateral
sounds are perceived differently.

20 There is a dramatic difference between a sound field having up to 4dB of
separation and one which has more. (This fact was recognizéd in the CBS SQ
matrix, which had lateral separation exceeding 8dB in the passive decoder, while
sacrificing front to rear separation.) In the inventor's opinion, the difference
between a discrete five channel film reproduction and a conventional matrix

25  reproduction is due to the low lateral separation between the surround channels.

Griesinger, U. S. Patent No. 5,186,650, recognizes the value of this
requirement (F) and describes a six channel decoder where the two additional
channels are designed to be placed at the sides of the listener. These outputs
have the desired properties for a left rear and a right rear output channel, as long

30  as the directional component of the output is steered to the front hemisphere.
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for decoysdopheys "nMusic" signals. The value of crx can al PeTASEER90 and
varies the angle fromwhich the surround signals are heard. 6. Design

i nprovenents since the application No. 08/742.460 One of the nost

noti ceabl e i nprovenents in the present invention relative'to that of 6. S.
Pat ent Application No. 08/ 742,460 is the change in the center matrix
elements and left and right front matrix el enents when a signal is steered

in the M ' t he
cont or TERGAR (Y SRENc B 1EvCIo (el (BRI ToE ol SRlE ool | o,
i s t haandrtheyfhase ﬁﬂhlafbhgiﬂtsepnra&en@vhemmemasaio dmeenbnally feancodéd i s
|nheren.tly | conf t t he of mai.ntain ch Left/right
separ afggial. fide ou ;Si% B?‘i m, eta}pgv JF‘?I')‘?nF%A Pgt gué‘é’t élaé’érfé’PgPeé"t
-out put lé\fe? %ﬁﬁﬂﬂ%&é&f@hﬂ%@d&a%hsﬁt i fR ﬁpésehb@bf avm;@arémﬁ WP APt

channel s have no /right conponent the center channe must be driven
wi tBh t tleatsdefieot is h@rrleeﬁed launﬁlerplgﬁaentnpmanannel s.” Thus both the | ef t

d d I d t.h t b duc th t
ooer | AP el destil i BE ABpra T Pibrettad paleptaaonbed srick shme " ¢
channel, ydifita@ibg 2o Qﬁak@&rﬂéﬂﬁﬁﬂ o&"rcefﬁﬂlbmﬂwheaﬂamedé&a@ké Mkt mBerikhat

t he apparent positions of these sounds w l drawn to the mddle of the
room Uesigueigy the rea:v\hemhsnhﬁrs fon these d@pénu‘svms dmlcmmljheessbfsalﬂy\,ebmte nt er
S _Nos. mat ri X _el enent s

Chat hEGRSFITHFifGYS Oas SEIBKe AR s shaeatibera s ML Ter? orhSReiine s

WHEN  more "pumping” with music than would be optlmal and the leakage of steered
signals between the left and right rear outputs is more than the desired level. In
this context, "pumping" is audible variation of the music signal due to variation of
the directional control signals responding to the direction of the directionally
encoded signal.

15 For both reasons, it was necessary to improve the decoder design, and this
invention resulted from this design effort. It turns out that the requirements A
through F above uniquely specify a matrix, which will be mathematically
described below. o '

For mathematical simplification, the encoder assumed in the design of the
- 20 decoder is a simple left-right pan pot. When steering from left to center to right a
standard sine-cosine curve is used, as described by equations (1) and (2) above.

These may be restated in the form:

L=cost : ' ..(4)

R =sint ' ' ' +(8)
25 where

t=a/l2 ...(6)

In the frontal steering mode above, the angle ¢ varies from 0 to 90°. For
steering in the rear half of the room, from left to rear (surround) to right, the right
channel pan pot output polarity is inverted. This can be described by the pair of

30 equations:
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the i nput svd99/12386 decoder were decorrel ated the | oudness of PCTAISI®HE39P
channel was equal to the | oudness of the left and right channels. As
steering noved forward the center matrix el ements :i ncreased .anot her 3dB.
The effect of this, high | oudness is to strongly reduce the width of th€
front image. Instrunents that should have sounded at the left and the right
of the sound inmage are always drawn toward the center of the sound inage.
U S Patent Bppcogation No. 08/ 742,460 used center matrix el ement g7y hat
had a m ni rum val ue 4.5dB | ess than the earlier values. This m ni mrum val ue
was chosen onBthe $i&st s of listening tests. This attenuation caused8i

plreasing Spr et Qo NGebliatodMRIGRED Lite. LARW:RRLEM AR SoBERAT gl at ed

- as with orc estr ront |mage I'S no IOUS Yy narrowe

U S Pat pdi§1t16nphlt€ﬁhedi“atbld)et%éﬁ4éft4&m g8at, hecareaheng #@REE°.f orward these
matrix elements increased, ultimtely r eachi ng the values used in the_ Dol by

mat r Px. Exper Noke dheisimilaritnaf this gaceding tonematrix elements gb theepassive

reducti o rabl r
bal ance aefnedtissiba AR HRERRReog, SR ARG BR e, i URRUBH b g BT,
preser vethd bignughangeforatearxstebtingasdhchaledanqllicitly. reveal ed that not only
was V1.11 in error, hut the_ Dol by decodgéstcgd our. previ ous decoders were

al so in error [npgsigniRegthe @ﬁc"épf:ﬂédﬁﬁs‘i adepidedawhat ontruisowild beong
from the,5iARSRCARE Hw thEMHGIIE L thd'stlele® old}onent of the input will vary

10  in each output as the input encoding steering angle varies. In the mathematical
description below, this function can be arbitrary. However, in order to satisfy
requirement B, the constant loudness criterion, so that loudness is preserved as a
signal pans between two outputs, there are some obvious choices for these
amplitude functions.

15 Assuming that there will be front left, right and center outputs, the
amplitude function for each of these outputs is assumed to be the sine or cosine of
twice the angle ¢t. For example, as t varies from left, # = 0°, to center, ¢t = 45°, the
output amplitudes should be:

Left output = cos 2¢ | ...(9)
20 Center output = sin 2¢ . ...(10)
Right output =0 ..(11)
As t goes from center to right, ¢ = 45° to 90°,
Left output = 0 .(12) -
Center output = sin(2¢ - 90°) = - cos 2¢ ...(13)
25 Right output = cos(2t - 90°) = sin 2t ..(14)

These functions result in optimum placement of sources between left and
center, and between right and center. These functions also result in very simple
solutions to the matrix problem. In either of the above cases, any output signals
intended for reproduction in the rear of the room should be identically zero.

30 In designing the five channel version of the imprdved -decoder, a signal
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front i njgRenbiggas too weak to- preserve power bal ance. Tper
particularly severe for the decoder of Mandel - the standar dﬁggﬁby decoder

In the standard Dol by decoder. the rear channels are stronger than in our
decoder of patent No. 4,862,502. As a result the center channel nust ke
stronger to preserve power bal ance. The | ack of power balance 'in the

center channel has been a continual problemfor the Dol by decoder Dol by

reco - 1) ' I S al ance
b oughired 1 nbieal dihshie e BORER! 1H0 BHl deft S SpRI°EET 62 828
conpenshowld halve ng the m xing process. Unfortunately nodern filns are m xed

for five-ch rel eas and automatic encoding to two channels can | ead
to probl ems %FP%@% 1D8™ #el . Additional analysis and |ist-d#bhg tests

showed t hat Rfl% fPeaguipitiorequire different solutions to the t@ﬁence
problem For Tilns we found that it was nost useful to preservé fhe left

and ri ghtd whentsteartedi betwieendeftssumrommd.arfd ftﬂ'hromt thppdtiat atawoutjut should
08/ 742, 460,, These ments.elim.na t he ,cent channel information from
the | eft2YatRe SRRt Q{fﬁ%maf&?faﬁ?&ﬁgeﬁsweﬂ tgachiedd Hs areinas copstanty bt

di al ogv!aﬁa%ad@ thﬁi; ‘Attﬂlﬂ rehP Rkedr®ht B9 qnéﬂrgbbleqﬂéwdr%he' ﬁ ht ﬁlrfﬂ‘;ttﬁ‘r"iln)g:t)'thw

desi gn the power balance is corrected by changi ng the cen
el emenleft sear hutpathgess thzentel | oudness i ncreases nore rapidl y t han the

ero.) in pRACEeCRVER (el eRUBARAN), FhAEOPhE TR Ao SaPvair CRiRitaRnt or
rcngn({j : ?Pgt}l@ Imgeflgffeed@laaa%fttf&% dutpees sRotldeh s bgRdPAAd %%&Rﬁly ridfng,ni s
proportional to sin 4t. Ast goes from 22.5" to 457, the output in the left side goes
down 6dB and the output in the left rear goes up 2dB, keeping the total loudness,
the sum of the squares of each output, constant.

As mentioned above, in the improved decoder even when the steered signal

15  is fully to the rear, the left rear and right rear outputs have maximum separation
for decorrelated music, since the matrix elements for the right input to the left
rear output (and for the left input into the right rear output) are zero resulting in
complete separation. Although the right rear has zero output to a steered signal
as the steering angle t goes from 0 to 22.5°, the matrix elements used to achieve

20  this signal cancellation are adjusted so that the music output is constant and has
minimum correlation with the music signal in the left rear.

To additionally decrease the correlation in the surround field, the seven
channel embodiment includes a time delay of about 15ms in the side channels,
and in both versions the rear channels are delayed by about 25ms.

25 Once the loudness functions are chosen for the various outputs under
steered conditions, these functions having left to right symmetry, the functional
dependence of the matrix elements on the steering angle can be computed.

A standard Dolby surround installation has all the surround loudspeakers
wired in phase, and Dolby screening theaters are similarly equipped. However,

30 the standard passive matrix, described above with reference to FIG. 1, has a
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reached wWh@o 99/ibaget he center channel is active.- I't is only nRReLESHRY3dohat
- the center level be stronger than the standard decoder when there are '

approxi mately equal levels in the center channel and the left and right
channels. Wth the "filnf strategy the center channel |oudness is increased
to preserve the power balance in the input signals, while mninzing the
center channel conponent in all the other outputs. This strategy seens to

be i deal pt&Bled I tHOFER 1ol AT ﬁgpﬁzga?fﬁg%geg : e?&?ﬂ &k ﬂoss%t%é}lgg_

di al og, and dialog from positions I'S ‘not ™ ex
The nmj orestiléniivantrapsitidn between LaandyL+R, ahdta paytfrom tipkt €o sarround goes

i gnifi t ' - h s in mapy. types of _popul ar nusic
P Phe 11 B EAHIE e he Vet SrORRE ann o agbbarehen ey Arefwllin
di al og | gedered reat O THEFbESAe AR 8bHRPHREABEY %ﬂtU@"Fz{teB@lg];@&Cﬁ‘?,%O't?,rﬁlsfi,

outwei gh this disadvantage. For nusic we adopt another strategy.
case Swe amag otherschasthinphase ahoounpsdntlistening és sueh debedamythisapkass

[ - | & ' No. 08 2, 460, 1 ddl ue of the
steer i ng e WHRfeB5ta B iicoditablE: AR sebPolerid Sovad surhmees plene flzr
the | eft bgnBeédr@btbdthiMinMd pKhaSdeiethe redeh THdde doder ]ﬁb?:ﬂh@ rpr‘éQémpﬂ%Eltﬁ)é

the i nput si gnal s is not entirely renopved. The anmount o e center chan
conponeninglgdesa pbase ahifter tghilisf the signsofitheisighd reer tmput nadspfal reaver

_ _ , o
st gnai s Stauion, P phioe RIS IRANE L Rivcih tohe Natinof reatbuieregy i |
threi® frentraprbkaidis RE@bicwheAthere §9 i eArd SteefiRt | PHpRLESRREe 'sﬂlif;tﬁlxest s

original _encoded material, The nost useful version of ‘this strategy
the st eefdhEsRYR9sa@redessabad helew with refencmce dorPléderita and 5b.

Real world encoders are not as simple as the pan pot mentioned above.
However, by careful choice of the method of detecting the steering angle of the
inputs, the problems with a standard four-channe! encoder can be largely avoided.
15 Thus even a standard film made with a four channel encoder will decode
with a substantial amount of directional steering in the rear hemisphere.
Referring to FIG. 2, which represents a standard encoder 21 according to
the prior art, as shown in FIG. 1 of the prior Griesinger U. S. Patent No.
5,136,650, there are four input signals L, R, C and S (for left, right, center and
20  surround, respectively,) which are applied to corresponding terminals 22, 24, 26
and 28 and signal combiners and phase shifting elements as shown. The left (L)
signal 23 from terminal 22 and center (C) signal 25 from terminal 24 are applied
to a signal combiner 30 in ratios 1 and 0.707 respectively; the right (R) signal 27
from terminal 26 and the center (C) signal 25 are similarly applied with the same
25 ratios to signal combiner 32. The output 31 of signal combiner 30 is applied to a
phase shifter 34, and the output 83 of signal combiner 32 is applied to a second
identical phase shifter 38. The surround (S) signal 29 from terminal 28 is applied
to a third phase shifter 36, which has a 90° phase lag relative to the phase
shifters 34, 88. The output 35 of phase shifter 34 is applied to signal combiner

e
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.- 22- Wwh dbifagnPuUt is 6dB stronger -in the center outputp&R@Redizs® ther of
the two othér front outputs. Thi's is done by sinply limting the positive
value of cs. This new strategy - allow ng the center channel conponent to
come fromall three front speakers. and limting the steering actionwhen
the center is 6dB | ouder than the front left and right, turns out to be
excel l ent for aII types of nusic. Both encoded five-channel m'xes and

or di na L bl | §hifEP!
separa %1 tvveen ?R?%ﬁ?gﬁ%ﬁgﬁﬁ%?%ﬁﬂ% t% ﬁi Sfli-ﬂﬂ Note that
unl lj kFoIEI;ﬁltlwsf ;Lhaedehﬁltémas aeraanﬂnhemmﬁt wﬁéﬁ)'ktamw tlmdutpaitt?x'bnﬂ ri ght
I's deliberately not .co t I the |le
elhl mhnﬁhé"éﬁ shﬁgﬁq%% gp ion 1%%%&2 n@g p{it'sn yaﬂhﬁtg ‘?f{?F musi ¢
t

e N gh il § ggﬂ%uéﬁlg%fé 49 %:@1@3 Bl 2ibAA Vo BiRERs UDAUnd BRSre3pbALALlY.

of fers ou conpl ete Separation. Listening tests with
thiss setti nMajﬁemamlhe\thaSe theddeax! dutpugsh cahdecdéssribeddbyltlad equationsig from

the left an ht frant ility of the resultin und

i mage is qug‘le 8’6%113( &defg ﬁgékgt and not distracti ngghégr this

| i st ener heﬁl% R ot (fB)\ALtI{L,.tdt?Ovlgcp@emﬁst for musi ¢ does not_(dgjract
fromthe artistic quality of the film Listeni toarmS|crecord|ng vmth

t Ee decoder Aflthoutgh afsthndéaxd ﬁnnechmumlmder smtbmrh wéthh@ixe chaonel
obvi ou t r t hi I t th

separ aa? @eﬁ% ‘g\tﬁ"?é%ﬁ &?QWIH’ZF? ‘Iggé}ﬂlée %élﬁ?’d%rhg’rm‘écéne @ﬁ%ﬁr%vgr%nal
| 515t eqfeltlwiih tRE 1nPbvdd BBéoder dck6rdifiktto rtﬁérpl‘ébé@@iﬂv@i‘ﬁlonThSudB(‘a@ﬂer

encoder is described with reference to FIG. 3.

The additional elements of the new encoder 48 are applied ahead of the

standard encoder 21 of FIG. 2, described abpve.
~ The left, center and right signals 51, 53 and 55 are applied to terminals 50,

15 52 and 54, respectively, of FIG. 3. In each of the left,: center, and right channels,
an all-pass phase shifter, 56, 58 and 60 respectively, having a phase shift function
¢(f) (shown as ¢) is inserted in the signal path. The left surround signal 63 is
applied to input terminal 62 and then through an all-pass phase shifter 66 with
phase shift function ¢-90°. The right surround signatl 65 from input terminal 64

20 is applied to a ¢—~90° phase shifter 68.

The signal combiner 70 combines the left phase-shifter output signal 57
from phase shifter 56 with 0.83 times the left surro‘ux:1d phase-shifted output
signal 67 from phase shifter 66 to produce the output signal 71 labeled L, which is
applied via terminal 76 to the left input terminal 22 :of standard encoder 21.

25 Similarly, the signal combiner 72 combines the right phase-shifter output
signal 61 from phase shifter 60 with —~0.83 times thelright surround phase-shifted
output signal 69 from phase shifter 68 to produce the output signal 73 labeled R,
which is applied via terminal 82 to the right input terminal 26 of standard
encoder 21. _
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of V1.11 uwedstiksssnatri x el enents of U S. Patent No. 4, 862,FOU$98I183%0e
front channel s under these conditions. These matrix elenments do not fully
elimnate a rear steered signal . unless it was steered to the full rear _
position - half way between left rear and right rear. Wen steering was to
| eft rear or right rear -23- (not full rear) the left or right front
out put had an output 9dB | ess than the corresponding rear output. In the

present invenRighldrhe fheodibnabtombidreT® tbnlahes OET tigtes theldfiistgtcuredund
fromthe front when steering is _anywhere between left rear and right rear.

7. 1 npr olpbmbiﬂ:@r pREPWesignah 617 fowl phese shifter GW_&béllw’é%_ttBne@ thpaightar
' g ' ) ' t t t . e
ot ovenStoue) paaee Jhitt gl B Ebnah6orh S Rufl, VRIS of 18 iRhes thE°

el enent s pafH @S Sighka 7Flabéied Ss wideMas applindraattermifgl 86!tsthiengiir@¥ent iaput
power bal ance between steered signals and unsteered signals under various

condift i oterminad 2B ofistandars e riZdk.i on of the matrix el ements that will
be given | at eryi ncl udes . [ venent s; . 8. ai Lgd, desckipt.i on_of .the
active matrix Tgfeeﬁr%ﬁ{@ ﬁlhgg'f/é? I @@aﬁ?ﬁ%ﬁé’hﬁ‘ﬁ% Sg_gf%ﬁr hge!ﬁ{ezeéigg_c}?i é’?’teﬂewa
matri x ekeming 78 t0oheanest HipioRirhiiHal24fdMehhaasd ehcbder 2Rri abl es cs
and Ir. In general there are conditionals, absolute values, and ot her

non- 1 i near nodike eneedarsoft BlGnd basrthel propert thati 8 sigalom aeywif] theddiserdtee
the matrix, GleiBNYS WSk ARY QA FW0UA% A8 [PSa B @Pwill be
10  reproduced correctly by the decoder of the present invention. A signal which is in
phase in the two surround inputs LS, RS, will produce a fully rear steered input,
and a signal which is out of phase in the two surround inputs will produce an
unsteered signal, since the outputs A and B of the standard encoder will be in
quadrature. :
15 The mathematical description of the encoder of FIG. 3 used in conjunction
with the standard encoder of FIG. 2 may be given in the form:
A = (L -j0.83LS) + 0.71C + 0.38(RS - LS) ...(19)
B =(R +j0.83RS) + 0.71C - 0.38(RS ~ LS) ...(20)
All current surround decoders which use active matrices control the matrix
20  coefficients based on information supplied from the input signals. All current
decoders, including that of the present invention, derive this information by
finding the logarithms of the rectified and smoothed left and right input signals A
and B, their sum A+B and their difference A~B. These four logarithms are then
subtracted to get the log of the ratio of the left and right signals, I/r, and the log of
25  the ratio of the sum and difference signals, which will be identified as c/s, for
center over surround. - In this description, I/r and ¢/s are assumed to be expressed
in decibels, such that I/r is positive if the left channel is louder than the right, and
¢/s is positive if the signal is steered forward, i.e. the sum signal is larger than the

difference signal. The attenuation values in the five channel passive encoder

—— ———
.
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-l anguag ges a sinple nethod of -checking the fornul ag} jcally.
Mat | ab ?\év@\'/ég)ri?/ﬁgl mlar to Fortran or C. The nmj or differe%%glﬁlsgdlt}ﬁﬁ - '
vari ables .in Matlab can be vectors - that is each variable can represent an
array of nunmbers in sequence. For exanple we can define the variablle-x in
the followng way: x = 1:10; -24- !'.. This specification in Mtlab
creates a string of ten nunbers with the values of one to ten. The vari abl e

X i ncl v -1 t.4d.s. described vect or .by 10 .matri x. ‘An
i vi BEETe R shiokn’ B BRodude sHrSedtfs Vb Be P eie e TS it tiiing.  For
exanpl driveAgitEhsingSehdérsidod) thmtdtheripliedd theodeus dsedBishiisigh thee vect or
X to the val ue Vari abl es can al so represent a two di nensi onal nmatri Xx.

4.
| ndi vi daeqdex| whentheiangled hagtheon sefrtond2.8s biegnbd In this easel MVais\@adl, o 2, 3)

=10; w ' value 10 to the second row and third col umm of the
mat ri %&brﬁﬁgiagglr’;algﬁgd description of the matrix elements that follows is

ned |y i denfioeal mionaural sigsel ivhiichrhasubddrs diztribatéd atie bee simplifitde t ext -
has been s&gﬁemhat ina{oved., The major, differences are: 1. Ref erence [ 2]
i ncl udescader batyeer: thedwe dnpwt chanysls spehitting A sfivedsantB = + sin ¢, Ur

and c¢/s are not independent. To find the steering angle ¢, we need only find the
arctangent of the left level divided by the right level, or if we define full left as ¢ =
0, then: '

10 -t =90° - arctan(10 ~ ((Ir) / 20)) ..(21)
degrees if I/r is in dB as stated above.

However, since the two levels are compared in magnitude only, to determine
whether the steering is front or back we need to know the sign of ¢/s, which is
positive for forward steering and negative for rear steering.

15 - In the real world, the input signals to the decoder are not derived from a
pan pot but from an encoder as shown in FIG. 2, which utilizes quadrature phase
shifters. In addition, there is almost always decorrelated "music" present along
with steered signals.

In the following description, the problem of specifying the matrix elements

20 is divided into four sections, depending on what quadrant of the encoded space is
being used, i.e. left front, left rear, right front or right rear:.

We will assume a seven channel decoder with left front, center, right front,
left side, right side, left rear and right rear outputs. Two matrix elements must
be specified for each output, and these will be different depending on the quadrant

25  for the steering. The right front and right rear quadrant coefficients can be found
by reflection about the front-back axis, as the matrix has left-right symmetry, so
only the left front and left rear steering effects will be derived here.

For the front quadrant, we will assume that requirement D above, rather
than requirement E for Dolby surround, is used, and add the correction later.

30 Front steering is similar to Griesinger (U. S. Patent No. 5,136,650) but the

-28- This Sheet Has Been R

NES——— 1]



|'evel of twie99/42386 out puts when the steering is -forward or n&®GTUFIS18390t hi s
application this function is achieved through the frequency dependent
circuits that follow the matri x. Therefore we have |eft out .the "tv matrix"
correction. 2. The section on the center matrix el ements has been N
nodified to include references to the "filnt' strategy, the "nusic"
strategy, and a strategy that limts the action of the "nusic" setting.

Ref er encarcRibndewhidhbdesaribey thdsteerig i thepresent inivehtioh dreediffereht, £nd

Matri x decoders,in. eguations and graphics In reference [11 we presented the
desi gn ofYfat TP%%‘EEE%WFHHPSES?Pga%G%h iOHéﬂu"c)?eE%[t@%’errent s of an x 2
matri x, where I TN (PP I t an
be seen as a Flﬁrele%ftt@gt#nat [ (l)ﬁ dg?i‘@t gﬁom%épnagu%@%%rév?ﬁgggﬁﬂf(?ﬁ éﬁt’ of
t he | i nesince ombidoaidtowant anyi cemtebptddred aligmantte dppdaranntdier Jeft flomtt hi s

paper. the ele are. i ified py a sinple conbination of letters.
Ref eﬁenc&ﬁari‘]‘&‘égtfffr? et gﬁﬁ%‘@ﬁ e %[‘h@ng?%even- channel decoder. The
conver si on fr%fmgam@nnqtgﬂt/oz@gme%ochannel s is now done in the(z%)_

t I ve-

frequency dependent part of e decoder, so here we will describe a
channel decod&hedeftyoutputiis thievinatrsixfelemeny hietiyes bia¢ lefe inpati plus thscri be

AL AR RS A N TN
the |eft oR¥oddrRistits in the left input A = cos ts and the right input B = sin ¢s over this
10  range. We want the level in the left output to smoothly decrease as ¢ increases,
following the function FL(¢s), which in our example decoder is assumed to be equal
to cos(2ts). Thus the left output is described by:
Left output = LL cos ts + LR sin ts
= FL(ts) = cos(2¢s) ...(23)
15 If the output to decorrelated music is to be constant, the sum of the squares
of the matrix coefficients must be one, i.e.
LIz2+LR2=1 . ..(24)
These equations, which are basically in the same form for all outputs, result
in a quadratic equation for LFR, which has two solutions. In every case, one of
20  these solutions is greatly preferred over the other. For the left output,
LR = sin s cos(2ts) +/— cos s sin(2ts) ...(25)
LL = cos ts cos(2ts) —/+ sin ts sin(2¢s) ...(26)
Choosing the preferred sign, which is minus in equation (25) and plus in

equation (26), and applying mathematical identities, these simplify further to:

25 LL =cos ts _ .(27)
LR =-sints ...(28)
The right output should be zero over the same range of the angle ts, i.e.
Right output = RL cos ts + RRsints =0 _ ...(29)
Once again, the decorrelated music should be constant, so
30 RI2+RR2=1 ...(80)
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SW t chi ng,d dapggentity of left and right. These el ements gr@mshisissddIe
matrix element for the Left input channel to the Center output CR The

matrix element for the R ght input channel to the Center output LFL: The
Left input channel. to the Left Front output LFR The Right input chanrel to
the Left Front output LRL: The Left input channel to the Left Rear output
LRR: The Right input channel to the Left Rear output These el enents axe not

const apd 4 tﬁ?&% Leé‘\a?h%%%ﬂl’ﬁw%?%ﬁgﬁt%ai Hﬁi onal function-of the apparent

direction o soun selanpl i tude decoders determ ne the
appar ent di Récti-ogirofs t he i nput by conparing the ratio of the ag®i) tudes of
the i nput sjpgnals. For exanple, the degree of steering in the right/left

direction ig Bt@fned fromthe ratio of the left i nput channe{ %)rrpl i tude

to the righipp Wﬁl ikSRhlY 8 ¥yl d .
steering ?nTPﬁ(rab%Ht%lﬁt acksrg)i@gcstlon }}éa%%{eé’?gnh%g%eéfﬁ?%%ﬂeﬁgesr%@%%e%eﬁ fhe
anpl i trighs, ahd tthis desreasel shtnelddbé tentrolied dy theemiagnitadehefiWiglmot the wi | | not
di scuss the nethpd f determnin ese, steering. directions here, -26-

21 ¢ houBHESHE o dacaEPEE SHAERE Th ot etk Ru drEh G LireRdres Shawid sausa e | ¢
how t hjjgeressélOMhis \oﬁnﬁlsel%umem aaitetdiﬁﬁféxﬁ%mes $of 85 b&?b%rh?fécgm_gﬁg%e angl o

determ ned. Here we w représent these directions as ang
for t helemdrtt/ CLggmd the eeniarmight pleraent GRe which twidl $waptwibar khe steering

(centerpsupround directjon hes)y, The fup steering dir petifng pre si gped
10  1is assumed to go from O at full left to 45° when steering is full center or when
there is no steered signal.
tl = 90° - arctan(10 ~ ((I/r) / 20)) | S ...(33)
where Ur is expressed in dB.
The center output should smoothly increase as ¢l varies from 0 (full left) to
15  45° (center). The function for this increase will be called FC(tl), which is equal to
sin(2¢{) in this embodiment. By the above method,
Center output = CL cos t/ + CR sin ¢/ = FC(¢])

= sin(2tl) . ...(34)
Once again, for constant loudness of the music,
20 : Cl2+CR2=1 ' ...(35)
which yields the solutions
CR = sin ¢/ sin(2¢t) —/+ cos ¢l cos(2¢]) ...(36)
CL = cos tl sin(2tl) +/- sin tl cos(2tl) ' ' .37

The preferred sign is plus in equation (36) and minus in equation (37). The
25 . matrix elements for the rear outputs during front steering are not as simple to
derive as those for the front outputs. To derive them, we use the argument and
formulae presented in Griesinger (U. S. Patent No. 5,136,650.)
The problem is that we want the left rear LRL matrix element to be 1 when
there is no steering, and yet we want no directional output from this channel

80 during either left or center steering. If we follow the method used above, we get
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| nput si gnwow9aeseunst eered -that is, the two i-nput channel SPGE/ES98/18390
uncorrel ated. When the input consists of a single signal which has been
directionally encoded the two steering directions have their maxi mum val ue.
However under these conditions they are not independent. The advantage to
representing the steering values as angles is that when there is only a-
single signal the absolute value of the two steering values nust sumto 45

degr ees. mékeir dlbmdntpuvhichcgivdaso satpatoehen ithealigdalnit sebrdd 80 ehg leftidr a
strongly steered signal, the sumof the absolute values of the steering

val ues negRtepcbut when theress npglessing, thegqutput will be e spe of Hee Fpdapuss

‘h i 6 g-h ; _ g
val ues, VRSLE TS P ortehtiBnd TRRA AN b 16 F0r sohiihig SReLY)
val ues f seeiiigg stopsof Wiehwaat fallisepavalionswhidd niwinsekREeghudd be die phddLRRe,

due to the behavior of the non-linear filters it is possible for the sumto
exce®d A4mustiieszero withhnp $e9®@ng.08/ 742, 460 claimed a circuit that linited

e 2200 o Tyl S ARAEk 8Bl SR L R T L
matri x evahentfl/i andetHathefhay.ed doluitiop Bvgivenria. Gilkeingee (@F. dhPatentNbr i X
Var 1 abl o816 Atk RIS ot} Sl TERE GUtT s TRyt EHPPHIBEHA AP - he
-27- The solution derived there solves the problem of canceling the directional .
10  component at all angles in the left side output, but the music component of the
output decreases by 3dB as the steering goes to full center.

We can correct the coefficients to avoid this defect by multiplying them by
the factor (cos ¢s + sin ¢s), where ¢s is an angle which is zero when c/s is one, and
which increases to 45° when /s is large and positive. In the following equations,

15  the angles ts and ¢ are derived from c¢/s and Vr respectively:

ts = arctan(c/s) — 45° _ ...(38)

tl = arctan(Vr) - 45° | ...(39)

Note that ¢/ here is different from the angle defined previously for the
center output.

20 In the terminology of the previous patent, the control signals developed at
the inputs to several variable gain amplifiers (VGAs) are called GL, GC, GR and
GS for left, center, right and surround respectively, and two supplemental signals
GSL and GSR are derived from these for the left and right surround VGA's. The
coefficients here described use a linear combination of the G values to provide the

25  left and right coefficients as a function of the two angles ts, derived from c¢/s, and
tl, derived from Ur, respectively.

By the definitions therein, _

GL = ((cos ¢l — sin tl)/cos tl) = 1~ tan ¢/ ...(40)

GC = 2 (sin ts/(cos ts + sin ¢s)) ..(41)

30  (there is a factor of two that was omitted in the printing of the earlier patent),

-
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-el ement dJPiraidee boundary trajectory - the trajectory fopLeuResbed
strongly steered signal. The graphics were created by Matlab. In the Matl ab

| anguage the unsteered positi-on is (46, 46), because Matlab requires the
angle variable to be 1 nore than the actual angle value. Hopefully thks

wi |l not be overly confusing. Previous designs for matri x decoders tend to
consider only the behavior of the matrix to a strongly steered signal -
that is the havi or of theémayixinghenmaosd -agipyd the b &y @f our

sur f ace. Thlfji's;sei%(‘ii’s#'ﬁ.r'ﬂiérla\tlf’h\sm@larl'K i n—O'uﬁ—o?k.—ylW% gcggsﬁgtrdrgeal
signals@ either filmor nu&i C'-ca{; find PP the boulePSS SP™Me surface
is very seldomreached. For the nost part signals wobble around the mddle
of the plane - slightly forward of the center. The behavior of the matrix
under these conditions is of vital irrportan%:z)t o the sound. Wen you
conpare our elenents to previous el enents you can see a striking increase
i n & he(sinopkkisi isya Gfonthmalrahtgandn the nmiddle regions. It is this

conpl exity ich 'igespo_nsi | e fgr the i nprovenent in the sound. Such
conpl exi ty ég' &~ e tlYEostthal 1987 design - see the 1989 patent -
was sinple to i it mal og conponents. The new el enents are

desi gned to be z%})%g'g@@éﬁﬁ rtgfl?zgescri bed by one-di nensi onal | ookup tables,
which are trivial in a digital inplenentation. Designing an anal og version
with simlar performance is SELRY €, i not triygial. 1n this application
we confr'esT ‘Bhe %@mt&sﬁk@F%—e@MeOﬁ' -t—hez—/—gr@f—Hae‘?el ements. The
eafd | est) g€yl ements fromow 1989¥at ent . Th@@éfsds“éﬂ@'hgs were used in our
first surround processor, and are identical to the elenents of a standard
(Dol bytaswhr ound processor in the left, center, and right channels (but not
identical in the surround channel§4§)ln our design the

and the left and right supplemental signals are given by:

LS= A(1-GSL)-05(A+B)GC-05A-B)GS-BxGL ...(44)
15 .. RS=B(1-GSR)-05(A+B)GC+05(A-B)GS-AxGR ...(45)
Thus, the coefficients LSL and LRL are given by:

LSL = LRL = (cos ts + sin ¢8) (1 - GSL - 0.5GC) ...(46)

which becomes, after some manipulation,
20 LSL = LRL = (cos ¢s + sin £s) (sec ¢/ - 1) x (_Sec tl — tan tl) — sints ...(47)
The coefficients LSR and LRR are also equal, given by:
LSR = LRR = (cos £s + sin ¢s) (- 0.5 GC - GL)

...(48)

which becomes, after some manipulation, _
25 LSR = LRR = (cos ts + sin ¢s) (tan ¢/ — 1) — sin ts ..(49)
The right side and rear outputs when the input is steefe_d between left and

center can be found with the previous method, but the steering angle used must

R
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surround okenweissss treated symmetrically- to the center chameayusssnsivhe
- 28- standard (Dol by) decoder the surround channel is treated
differently, and this issue will be discussed at length later in this
application. The elements presented here are not always correctly scal ed.
I n general they are presented so that the unsteered value of the of the
non-zero matrix el enments are for any given channel is one. In practice the

el ement shaks disiiwdd Fronk g @otBat HE Wikl t’@t&l@r@hﬁﬁﬁﬁt VIS BhetSisCRE OF
| ess. In any case, in a final product the scaling o e elements is

addi t i onsfieryingar Wainped ondy cemione sigealspvbisbdaneestetred tmcenterel Eheeguations
pr esent e€0 ?q@g srgoul d be assuned to be scal abl e by appropriate constants.
10. The TVF®ht natrix el enents in our' 89 patent Assune that cs and Ir
are the steerRightdréacodhtpint + RRIEGHSes 1 RRRsircantay / surround and_(50)
left/right axis respectively. In the '89 patent the equations for the front
mat r Px edBdents are given as: In the left front quadrant: LFL = 1-

0.-5*G(cs) + Bl CRpke = 1 - (3a) LFR = GRANY ght

-0.5*Gcs) ... (3b) Inv
~ front quwdﬁdeeluﬁihe—solutl@n? G cs)
((3¢) LFR = 0.5:0kcs) | .. (3d)
RRL = RSL = sin s ...(62)
10 The above equations completely specify the matrix elements for front

steering. For rear steering, when ¢/s is negative the following are true:

The left and right main elements are the same as for front steering, except
that the angle ¢s is determined from the absolute value of log(c/s) which yields:

ts = arctan(10 A (s/c) / 20)) — 45° - | .(53)

15  and the sign of the cross matrix element is reversed, yielding:

LL =cos ts ...(64)
LR = sin ts ...(65)
and
RL = sin ts ...(56)
20 RR = cos ts .(B7)

The center matrix elements are identical in rear steering as they depend
only on angles derived from I/r, and are not dependent on the sign of ¢/s.

The side left and side right outputs should have full separation when
steering is low or zero. However, the signal on the left side and rear outputs must

25  be removed when there is strong left steering.

We use the previous definition for ¢/ for center steering,

tl = 90° — arctan(10 ~ ((Ir) / 20)) ...(58)
as ¢l varies from 0 to 22.5°. Under strong steering, the left side and left rear
outputs are zero when ¢/ = 0°, bﬁt increase with ¢/ according to the value sin 4¢1.

30  In the presence of uncorrelated music, represented by the signals A = cos ¢, B =
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-I'n the Iﬁ,fd”yﬁ% guadrant (renmenber es i s negatrve) LFL gggjg%,ﬁgﬁ c_s) +

041*G(I ... (3e) LFR = -0.
. (3f) In the right rear quadrant: -29- LFL = 1- 0.5*@ cs)
(3g9) LFR = -0.5*@cs) ' .. 7=(3h)

The function Q(x) was determ ned experinentally in the 1989 patent, and is
specified mathematically in the '91 patent It varies fromO to 1 as X

vari es_ eft front quadrant
(I'r an s are glﬁ;hposr t veg‘w&%ﬁgg‘% I?)l\}\fﬁgtséaggl equal to

1-Ir[err]vr,here [err] and [err] are the rlght and left input anplitudes.
G x) can aldig qﬁzcri bed in terns of the steering angles using various
f ormul ae. Lo LiHese i s given in the '91 patent, and anot her-- D be
given latery, I.I]_fI@Rdocurrent See FIG 5 and FIG 6 for graphi C%O)

r epr esent atlons of the LFL and LFR matrix elenents plotted

t hr ee-ti have equal bgt;agalatslﬂlet sides$ mndnmbarsamd ¢he amplitide duriag|stketingse

el enen wer g.j.aprove ing the requirement that the |oudness of
gt eeﬁ"z‘& r?af%t at SUh cT’ ag‘aéonstant regardl ess of the direction of the
steerr ng. Makhesptdcasr gﬂgmgz)t hat the root nean square syggqypf the

LFL and LFR matrix el enents sh e a constant. It was pointed out in the
paper that Fbr¢heeansisioharepeorstant kewel,n the direction of the steering -
that is, whﬁngr]'_eLg e_r'ing is full left, the sum of

...(62)
Solving as before,

10 ~LSR = sin ¢l FS(t) +/- cos tl V(1 - FS(@¢)2) ...(63)
LSL = cos ¢t FS(tl) —/+ sin ¢l y(1 - FS(t1)?) ...(64)
Simplifying and using the preferred sign, as before,

—LSR = sin ¢/ sin 4¢! + cos ¢! cos 4t/ ' ...(65)
LSL = cos ¢l sin 4¢l ~ sin tl cos 4t] ...(66)

15 which may be further reduced to:

-LSR = cos 3t/ ...(67)
LSL = sin 3t/ - ...(68)

The right side and right rear outputs are inherently free of the left input
when there is steering in the left rear quadrant, but we must remove signals
20 steered center or rear, so terms must be included that are sensitive to ¢/s. Right

side and right rear outputs are equal, except for different delays, and we have to

solve:
Right rear/side output = RSL cos ts + RSR sints =0 ...(69)
RS12+ RSR2=1 ' ..(70)
25  which yield the solution:
RSL =sin ¢s .(71)
RSR =cos ts . (72)

So far, the decoder design meets all of the requirements set out at the start.

Signals are removed from outputs where they do not belong, full separation is

-
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t he squar esv@do/f2bgsse matri x el enments shoul d rise by 3dB. FlI GecTrustsnssod he
sum of the squares of these elenents, denonstrating that the above matrix
el ements do not neet the requirenment of constant |oudness. In FIG 7, notice
that the value is constant at .71 along the axis fromunsteered to right~
The unsteered to left rises 3dB to the value one, and the unsteered to
center or to rear falls by 3dB to the value 0.5. This part of the graph is

hi dden byniihgaiifdlwiien! #Hdre idHR §teafing] Aot flRNmh@¥ehak SohsRRitiledbl fiPallhat
at the center direction. In the ap l'i cati on No. 08/742,460 and Reference

[1], we outpeis eagardless3y steeringp| Unfaréunately swercapmngt me@yaﬂ@ﬁ ltheseg t he

f t d~cos S. _See

For ¢ he. FubePia taREbE -Sar SUELREBF colcb i BRI OREMORR afifmb R, <
LFL and kst b&ibebken café sheilbast pmmmamuﬁie tzmsréaﬁais the( éaéuﬁgmw ofNot e
the constant value of .71 in the entire right half of the plane, and the

gent I riconstantomusiolavel asthe stperipggoes tofull xass. | Bhe standardyfilmrdevoder FL
__Slcﬁf(cg)s)does %ot 6Tt the level to the rear speaker, and thus a sta(x&g@%é?j%)lpli': 80‘?‘? ﬂ?es

front quafﬁt&ﬁbrea{sELthe gasi€vel as a sound effect moves to the rear. The standard
For - { ?ﬁ)e :?E;F\x)} Epééier}qﬁgﬁ pgrieparation in the rear channels. We can get the rear
separation we want only by allowing the music level to increase by 3dB during
10  strong rear steering. This is in practice more than acceptable. Some increase in
music level under these conditions is not audible — it may even be desirable.

We have been finding the matrix elements to the rear based on a steering
angle ¢/ derived from the l/r level ratio. As we move from ¢/ = 22.5° to ¢t/ = 45°,
this ratio expressed in dB decreases to zero, while the log of the center to

15  surround ratio (¢/s) becomes a large negative value.

Consider what happens when a directional signal at ¢! = 22.5° is faded down
into non-directional music. In this case, again, the log of I/r decreases to zero as
the non-directional music becomes predominant. We need to distinguish this case
from that above, where the steering goes strongly to the rear. The best solution is

20  to make the matrix elements relax to high separation when l/r goes to zero, while

keeping the music level constant. The result is easy to derive:

tl = 90° — arctan(I/r) _ o ..(73)
LRL = cos (45° - ¢l) ...(74)
LRR = —sin (45° - tl) ...(75)

25  where ¢l goes from 22.5° to 45°. These matrix elements keep the music level
constant, but they cause the output of a steered signal to decrease by 3dB when
the signal goes to the rear. We can fix this by adding a dependency on c/s, by
boosting the LRL value by an amount proportional to the increase in the log of the

c/s ratio. Solving for the value of boost needed to keep the rear output level

30 constant, we can express the results in a table:
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‘LFL = cagposidssg 0 - 41°G(Ir) . : goLFR =

: /U

sin(-cs) (4(1:'3 For the ri ght
rear quadrant: LFL = cos(-cs) _ ..
.(49) LFR = sin(-cs) ... (4h)

11. Inprovenents to the left front matrix elenments In March of 1996 we made
several changes to these mat rix el ements. W kept the basic functional
dependence, but a add| Besdmboost along the cs axis in the front,
and added a cut ong he cs axis In the rear. The reason for the boost
was to inprove the-p2rformance Qlh. stereo nmusic that was panned forward.
The purpose of the §§ in the r&ﬁ@ was to increase the -31- separati on
bet ween the front THannels and rear channel s when stereo nusic was
panned to the rear_jfgor the frogtjg eft quadrant LFL = (cos (cs) -
0.41*GIr))* boostl(cs) .(5a) LFR = (-sin(cs))
*bBost 1(cs) -~15 012 ... (5b) For the right front
gquadrant: LFL = (coi%cs) )*boos CS)

.(5¢) LFR = (-sinBcs)) *boos 0B (¢cs)
(5d) For the left rggqr quadrantgpggFL = (cos(-cs) + 0.41*EIr))/ boost(cs)

(5e)
-9 0.01
-8 0.00 _
10 TABLE 1: Variation of RBOOST with c¢/s

In terms of these results, the left rear output matrix coefficients in the five

channel version are:

LSL = cos(45° - tI) + RBOOST(log ¢/s) _ ...(76)
- LSR = -sin(45° - ¢l) - 1 : LT
15 and similarly for the right channel,
RSL = sin(45° - ¢l) : ..(78)
RSR = cos(45° - tl} + RBOOST(log ¢/s) .(79)

~ For the seven channel embodiment of the invention, we add an additional
dependency on ¢/s to take into account the desired reduction of output in the left
20 side and right side channels as the steering goes to full rear, remembering that
left side and left rear coefficients were equal in the case of steering from full left
to left rear. The reduction of side output is accompanied by a boost in the
corresponding rear output to maintain constant power in the steered signal. It
may also be desirable to increase the cross term, which reduces the separation a
25  little, but apparently this is not audible.
We define a rear side boost function RSBOOST(ts) using an angle ¢s derived
from the value of ¢/s:
ts = 90° — arctan(s/c)
vtrhere ts varies from 22.5° to 45°, so that the RSBOOST function rises from zero at
30 ts=225"t00.5atts=45". -
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LFR = (si Wesyi2B800st (CS) . . .
the right rear quadrant: LFL = (cos(cs))Il boost(cs)
..(59) LFR = (sin(cs))/boost(cs) _ oo
..(5h) The function G(x) is the sane as the one in the '89 patent. Wen~
expressed with angles as an input, it can be shown to be equal to: G (x) =
1-tan (45 -x) ... (6) The
functi on boosthen (cs) as used in March 1997 was a |inear boost of 3dB total
applied over the first 22.5 de{grees of steering, decreasing back to 0dB in

.the next 22. RYBHQRIE = Béosir(2Es -1 32§ Ven by corr(x) in the Matl a88bde

bel ow ( RNt eceded by the percent synbol % . %calculate a
R Tl sy B el

boost f on 2.5 degrees % corr(x) goes up 3dB and stays up.
corrl (x) goed.Sh < bes(460Wn/pgRBOCETHog ck) 2Z4RSBOOBIYtsYal ues of X8ty 24

representing 0 to 23.de%gees corr(x) = 10" (3*(x-1)/(23*20)); % go up 3dB
overSthis rardg@R-328in(ddcardl) (x) corr(x), end for x = 25:46 % go--688k down
for corrl ovep Lh.-i.iiﬁ@%ge- gff to 45 degrees corr(x) = 1.41; corr(x)(gg)
corr(48-x); en%
RSR = cos(45° - t{) + RBOOST(og ¢/s) - RSBOOST(ts) ...(84)
and for the rear outputs,

LRL = cos(45° - ¢l) + RBOOST(log c/s)

PCT/US98/18890 For

10 + 0.5 RSBOOST(zs) ' ...(85)
LRR = -sin(45° — £1) | ..(86)
RRL = sin(45° - tl) ...(87)
RRR = cos(45° - ¢I) + RBOOST(log ¢/s) _
+ 0.5 RSBOOST(ts) ...(88)
15 For the film decoder mode, we have to replace criterion D above by criterion

E, which entails boosting the levels in front channels by 3dB in all front
directions. The matrix can be made to perform this way by adding similarly
derived boost terms to the front elements during front steering. For example,
during left steering the LL matrix element, here called LFL, should be increased

20 by a boost function depending on l/r, where we define two angles:

tir = 90° - arctan(l/r) ...(89)
trl = 90° - arctan(r/l) ...(90)
Then (cf. eq. (27) above), _
LFL = cos ¢s + LFBOOST(Ir) : ...(91)
25  and for steering to the right, _ _
RFR = cos ts + LFBOOST(trl) . ...(92)
Both center matrix elements are also boosted during center steering:
CL =sin ¢ + 0.71 LFBOOST(¢s) ...(93)
CR = cos ¢l + 0.71 LFBOOST((s) ...(94)
30 These equations completely specify the additional requirements for a film
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-See FI G §H23k1e pl ot of LFL resulting from equatlons (ﬁ%)rgg% soplot €

t hat the oost as the steering noves toward center is applie ot?‘n al ong
the Ir = 0 axis, and along the left to center boundary. Note al so the
reduction in level as the steeri ng noves to the rear. The performnce-of
the March 1997 circuit can be inproved. The first problemis in the

behavi or of the steering along the boundaries between | eft and center, and
bet wee e%&gl and center. As a strong single signal pans fromthe left to
- the centér, it can be seen in FIG 9 that the value of the LFL matrix

el enent i ncriWheashepe &s mo>ceiter Hedrineldyudsicsten, tied Doﬂg?ds pedifieatiod hi S
I ncrease in va an uni ntencled consequence of th el1 berate increase

in | evenEgests t|t§1etce&ﬁ%r chappe rﬂ%tﬁubﬁbﬁﬂk%b%@déeééﬁtt@ﬂ leftyfrant padadghtl to
t t hat
St er e At Gt Pm}%% 3 E450015 - 80 of & A "l LEHR I §dﬁc%s%%'<r%[%e a

the le ron out put's s risein 0 conpensaté for the

r envalchbynth dmtag ratnhefpztober ¢®veipitaieeidce@ﬂtﬂ@ sqiuraftfdmbéﬁme@l left puEs.
However .t he t hod used i ncrease | evel under these condjtions shoul d

only o&ght. Her exam ﬁ%‘eﬁ{s R 100 SkReTing, qesltﬁrﬁumtlsQHAHan

th t hi
| nor cadtidifie s k1ot A HERY SRIQE S A oty T 165 f OFIE BridCa T SRR 0°
in an |otﬁ'dr.@ESle015LI&wﬁiatvﬂhens@as'atlongswetjmdd tmﬁrﬁéli5a£|9d'scﬁ3the boundary.

- 33- The boost onI ded .al,0 the |r IS non zero
t he o avoid tﬁu ecp eg Woula tter to modlgr t?he Iseft anﬁ nght matrix

10 elements when there is center steering, using the angle s derived from c/s, so

that:
LFL = 1 + LFBOOST(s) ...(95)
RFR = 1 + LFBOOST(¢s) ' : ...(96)
LFR = RFL =0 . .A97)
15 '~ Unlike the previously derived matrix coefficients, these do not remove the

dialog from the left and right channels, and also keep it at the proper loudness in
the room, while maintaining full left-right separation for music as long as the
steering is in the front hemisphere. '
In a preferred five channel embodiment shown in FIG. 4, five of the seven
20 channels described above are implemented, and the decoder provides the left,
center, right, left rear and right rear outputs, the left side and right side outputs
being omitted. It is understood from the above mathematical description that the
circuitry for the left rear and right rear outputs of the seven channel decoder can
be obtained by similar circuitry to that for the left and right surround outputs
25 shown, with an additional 10ms delay similar to the blocks 96 and 118 which
implement 15ms delays.
The addition of the RBOOST, RSBOOST and LFBOOST functions as
described for the seven channel decoder, the film decoder mode and the missing
center channel mode in the last section will be simple'modiﬁcations apparent to

30 those skilled in the art. In the digital implementation, they consist merely of
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matri x el ewermvigsssul d not be boosted. Thiss probl em can be sapoEdsisysisi ng,
‘an additive termto the matrix elenents, instead of a nultiply.. W define a
new steering index, the boundary limted cs value with the follow ng Mtlab
code: Assune both Ir and cs >0 - we are in the left front quadrant (assune
cs and Ir follow the Matlab conventions of varying from1l to 46) %find the
bounded c/s if (Cs < 24) bes = cs-(lr-1); if (bcs< 1) %this limts the

maxi mim ydding feSappropreaté 18doze ehﬁﬁesm&n?s eén(rba fPom thie 4885 ¥s hndPgSwithl;

end end If cs < 22 and Ir =0, (1n Matlab convention cs < 24 and Ir = 1)
bes i s eappEOPrintegiefinfionsrbased on the st@;reé direction to the cerrespording matrik

Fonot - onopEitiehts LRRGE RS Tos R0 s BRRRRAR 0n ML A SRS ARG F Lo o
and the g&mﬁ@@@hgdngﬁeﬁed ah §iggald. =0 axi s. We call this difference cos_

t bl | us and sin thb| I%&Natlab code, a 0: 45; % define a vector
in oge degr ee rsﬁﬁgsiecadwagotqfe‘ﬁ‘ |4Jetéledmp®1ttt@rmsnals 92 and 94 respectively

receive the left and right stereophonic audio input signals labeled A and B, which
may typically be outputs from the encoders of FIGs 2, 3, or 7, directly or after
transmission/recording and reception/playback through typical audio reproduction
media.

10 The A signal at terminal 92 passes through a short (typically 15ms) delay
before application to other circuit elements to be described below, so as to permit
the signal processing which results in the U/r and /s signals to be completed in a
similar time period, thereby causing the control signals to act on the delayed audio
signals at precisely the right time for steering them to the appropriate

15  loudspeakers. .

The A signal from terminal 92 is buffered by a unity gain buffer 98 and
passed to a rectifier circuit 100 and a logarithmic amplifier 102.

Similarly, the B signal from terminal 94 is passed through a buffer 104, a
rectifier 106 and a logarithmic amplifier 108.

20 The outputs of the logarithmic amplifiers 102 and 108, labeled A" and B"
respectively, are combined by subtractor 110 to produce the V/r directional control
signal,.whic'h is passed through switch 112 to the matrix circuitry described below.
In the alternate position of switch 112, a time constant comprising resistor 114
and capacitor 116 is interposed in this path to slow down the output transitions of

25  the l/r signal.

The B signal from terminal 94 is also passed through a 15ms delay for the
reason stated above.

The A and B signals from terminals 92 and 94 are combined in an analog

adder 120, rectified by rectifier 122 and passed through logarithmic amplifier 124.
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-- 34- W al = 2*pi *a/ 360: % convert to radians %n ' he sine
and cosi ne t9§1 gs, as well as the boost tables for the frgﬁltrﬁlglsér{ﬂ?%(f = '
sin(al); cos_tbl = cos(al); costblplus = cos(al).*corrl(a+l1l); costblplus =
cos tbl _plus - cos_tbl; %this is the one we use cos thl mnus = = -
cos(al)./corr(a+l); sin_tbl_ plus = sin(al).*corrl(a+l); sintbl_plus = sin
tblplus - sintbl; %this is the one we use sin_tbl_mnus = '
sin(al)./c +h) tor ' I

i 11 or ence pPHADY: A KE0IP s DDl ok B suBbtu BT BBl 1R, fich haSsed
cosi nethrééghawctifier 128 imhd Fogarithnnic amPlifibt A30.) The cdgnlbfredaudiebcs)

...(7a) LFR = -sin(gs) -.sin_ tbhl plus(bcs) . _ ...(7b)
LFL an@sarthmic amapkifigrs 124 gid 1Rk are spmbiged inisphfracken 132 tagredupe the

o wpti el Us, WHER i PHs0el BB SultERASL I S BitertaBrE TORual B,
cobr ecéwitthl134)dhealigng pissek d¢hirough thetiane konswatformed st tesistoal186) t he

center to right boundary. ) .. )
and capacitor 138, which have identical values to the corresponding components

114 and 116. Thus far, the control voltage generation circuit has been described.
As is typical of such circuits, the I/r and ¢/s signals vary in proportion to the
logarithms of the ratios between the amplitudes of left A and right B, and of

10 center (sum) and surround (difference) of these signals.

The matrix elements are represented by the circuit blocks 140 - 158, which
are each labeled according to the coefficient they model, according to the preceding
equations. Thus, for example, the block 140 labeled LL performs the function
described by equation (27), (54), (91) or (95) as appropriate. In each case, this

15 function depends on the c/s output, which is shown as an input to this block with

_an arrow, to designate it as a controlling input rather than an audio signal input.

The audio input is the delayed version of left input signal A after passing through
the delay block 96, and it is multiplied by the coefficient LL in block 140 to
produce the output signal from this block.

20 The outputs of the several matrix elements are summed in summers 160 -
168 thus providing the five outputs L, C, R, LS and RS at terminals 172, 174,
176, 178, and 180 respectively. As mentioned above, the RS signal is passed
through a variable phase shifter 170 before being applied to the output terminal
180. Phase shifter 170 is controlled by the c/s signal to provide a phase shift

25  which changes from 0° to 180° as the signal ¢/s steers from front to rear.

In the seven channel version of the decoder, circuit elements 152 - 158, 166,
168 and 170 are duplicated, being fed from the same points as their corresponding
elements shown in FIG 4, but with the coefficients LRL, LRR, RRL and RRR in
blocks corresponding to 152 - 158 respectively, and with additional 10ms delays
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The st eeriwgomIBhie rear quadrant is not optinmal either. Wh@CTURISA8WOr i ng
is toward the rear the above matrix el errents are given by: LFL =
cos_tbl _mnus(-cs) + 0.41* -¢s) ... (8a) LFR = sin tbl
m nus(-cs) (8b) - 35- These matri X
el ements are very nearly identical to the elenents in the '89 patent.
Consi der the case when a strong signal pans fromleft to rear. The 89

el ement simtlae tddsloglioe865and 128, Witele nhay beripketted Giflied! AldAd bf GheddBloRks put
fromthe front |eft output, onIy when this signal is fully to the rear (cs =

- 45, | r o after {hgeuRespondingoyimmerglements itp b.kquSdlﬁ@aadsw&bl e that the

output fromt ncode si gnal

reaghes t he Imbﬁéféra%lgﬁé%ogﬁ %ﬁbﬁ%ggé]{_{ﬂ@?b% s;hﬁo&ﬁ? m%quhg SHEYFEY T front
out put  goesiblie i inapbezsiysicly kandi gimaplepatsithpldnhent ﬂQe tetdddrefinctibhg
ITB.tI’IX el erreTts used in Ivarch 1997 - the ones above - result _in_the output

in the fendirely s thetiatial demain, using a dgialpignal pepepsapr (BSFAchen. tSichhe

| ef

per  or meyl® Sl A eachfish, b YRse BRI el dve? Uy Glologh B Biic of 1G4
per f or mawitebe avadiyiinilexethtby asld progiginh pekdlingRd stk ATDSP Xo §Je@fort $hén
the left rear quagi@ &F Notice that here we are concerned with how the

matrix SI1AEHRIH: SIER 5 JoukEP s rensr @mﬂ)@tdﬂéféws &% walpy tmderivaghe

e e ey B o 400 4B LSS 9Pl AR RS LSRRI o

| ef10  equations prevmusly disclosed, so as to provide the full functionality of the decoder
according to the present invention. _

Turning to FIG. 5a, an analog version of the phase shifter 170 is shown. In
this phase shifter circuit, the input signal RS' is buffered by an operational
amplifier 182 and then inverted by a second operational amplifier 184 with the

15 input resistor 186 and equal feedback resistor 188 defining unity gain. The
outputs of amplifiers 182 and 184 are respectively applied through variable
resistor 190 and capacitor 192 to a third operational amplifier 196, which buffers
the voltage at the junction of the variable resistor 190 and capacitor 192 to
provide the output signal RS to terminal 180 of FIG. 4. This circuit is a

20  conventional single pole phase shifter having an all-pass characteristic.

The variable resistor 190 is controlled by the ¢/s signal in such manner that
the turnover frequency of the phase shifter is high when the signal is steered to
the front, so that the rear output signals are out of phase (due to the matrix
coefficients) but reduces as the signal steers to the rear, so that the rear output

25  signals become in phase due to inversion of the right rear outi)ut RS. Although
the phase shift is not the same at all frequencies, the psychoacoustic effect of this
phase shifter is acceptable and reduces the phasiness of the rear signals
substantially. As will be apparent to those skilled in the art, more complex multi-

pole phase shifters could be used, but would require additional circuitry in all of
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-front o n3dagul d decrease with the function F(t) as t pafiRes{saem. O
(left) to -22.5 degrees (left rear). The nmethod gives the matrix el enents:

LFL = cos(t) *F(t) -/+ sin(t) *(sqgrt(1-F(t) 2)) ... (9a) LFR =
(sin(t)*F(t) +/- cos(t)*(sqgrt(1l-F(t) 2))) ...(9b) If we cheose
F(t) = cos(4*t) and choose the correct sign, these sinplify to LFL =
cos(t)*cos(4*t)+sin(t)*sin(4*t) ... (9¢) LFR =

(sin( tr)dé%g.ftﬁ:\‘)%tchhﬁﬂ%ist %’E)Sﬂ: Yods tx%)'gé)r?vx ea 'cost—effcscti-ve WEﬁg@%%qo FI G 11 for

t he pl ot ese coefficients solid curve) and (dotted
cur ve)rezgesingtthe. p{aecofsihegdrie peart cimnimnel tiieers thik ds desited. t o t he absence of

a point at 22 degr.ees, since all, angles.i tlab are integers.) These

el enent s V\DﬁkFig}S As WHBWnV%PYIOB&WaS@“&%E@Gi% ryté&?tz@ﬁa as t
varie : i ; : [ r t he
St cer g o th ihplementieg’ # Sl alBohirhlR QLU hol BIFPR 17070 AR drdse, 'S

pabt off Fi& 4dodndhiy circ@Et, the gan{ walue g is controlled by the value of control
(1 . (10b)

ot e (HERal Fl8s $bd Phriormniin same functign asr thenales Rliest sbifbenthi 5
2{)2?33)*1@. 54. InQhReendaity theififals AphRk8teNERide dod _Qfe_, ﬁ%@)@é{ \g%agdééalﬁ gs)
.. . ( 10ty delkayeblokli202;dbe awbput »f sihdckens fedibackidbirgrzid atoultiplaerc204 afer | y
with, gain g to one of the inputs of adder 200. The RS' signal is applied to the other
10 input of adder 204 and also to multiplier 206, where it is multiplied by a
coefficient —g. The output signal from delay block 202 is multiplied by (1 - g2) in
multiplier 208, and added to the signal from multiplier 206 in adder 210 to
provide the RS signal at the output of adder 210.
While the performance of this phase shifter is not quite identical to that of
15  its analog counterpart in FIG. 5a, it is sufficiently similar to provide the desired
effect. '

FIGs. 6a through 6e show graphically the variations of the various matrix
coefficients of the decoder of FIG. 4 and its enhancements that are described by
equations in the preceding section to the description of FIG. 4, for further

20. clarification of the operation of this decoder. '

In FIG. 6a, the curves A and B represent the variation of coefficients LL
(LFL) and -LR (-LFR) respectively as the value of ¢/s ranges from 0dB to about
33dB. These curves follow the sine — cosine law as derived in equations (27) and
(28). The variation of RR (RFR) and RL (RFL) is similar in form for steering in

25  the right front quadrant.

The curves C and D respectively show the corresponding values of LFL and
LFR for the decoder according to the previous Griesinger Patent No. 5,136,650 for
comparison. In these curves, which approach the value 0.5 under strong center

steering, the music component is 3dB too low, hence the new decoder curves A and
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- a strongl ywebgexsesl signal - where both cs-and |+ have maxi mpornsosiessso The
. previous matrix el ements were successful for signals where Ir is near zero
- that is stereo signals that have been panned to the rear. W need a

met hod of snoothly transforning the earlier matrix el ements into the newer
matrix elements as Ir and cs approach the boundary. A linear interpolation
could be used. In the processor used in Lexicon products, where nultiplies

are exp@which Iﬁeéteiﬁ 9r718% @E@Q)éohé?ta&ﬂ HabicN@vel, WY 8he Jnd %m¥é§1§o ol mum
of Ir and cs, as defined by the Matlab segment bel ow. % new Ind t

boundary par dneE‘H?r 6b are)shown tisg curyes Brand/ F regresenting dhardéntemew

Front . boargge k. A k. GERRR I tReriBe i entes (adth) fafofk (@adB) oione ok

25: 46 aéoéff&lém CX: iblor884¥s by 8HB RRMeddeyriht Géféfﬁmeﬁﬁcﬁﬁad@crééébs( £¢2drol 4£0S
( ax)5 +Sltp1e (s%e)z(egxzmg moves to the left. Similar considerations apply but in the opposite
sense when the steering is to the right.

" The curves G and H represent CL and CR respectively in the decoder of
Griesinger's previous patent referenced above, showing that again the music level
is not maintained constant, as the curve G does not increase by the required 3dB.

10 Turning to FIG. 6¢, Curves J and K represent the values of the coefficients
LSL and LSR respectively as the ratio I/r goes from 0dB (no steering or center
steering) to 33dB, representing full left steering. The LSL curve J reduces to zero,
as it is removing left signal from the left surround channel, while the LSR signal
increases so that the level of the music remains constant in the room. It is clear

15  from the curves that there is a break point at 8dB, corresponding to a steering
angle of 22.5° to the rear. Here the matrix elements must total (in r.m.s. fashion)
to 1 when the input has only a directional signal. This is achieved if they have
values of cos 22.5° or 0.92 and sin 22.5° or 0.38, as can be seen from the curves.

In this context, note that l/r can be zero dB either when the signal is

20  steered fully rear, or when there is no steered component of the signal. In either
case, the matrix relaxes to the full left-right separation that is desired.

In FIG. 6d, the curve L represents the RBOOST: value tabulated above in
TABLE 1 and used in equations (76) and (79), and subsequently. The value of
LSL is too small when steering to full rear, so the value of RBOOST is added to it

25  to keep the music level constant. Only LSL is boosted, so complete separation is
maintained. The value of RBOOST depends only on ¢/s, as ¢/s varies from -8dB to
—33dB (full rear) i.e. the x-axis of the graph is —c/s, with ¢/s in dB.

Also shown in FIG 6d is the curve M which represents the value of
RSBOOST. In the seven-channel version of the decoder, this value is subtracted
30  from the left side coefficient and half of it is added to the left rear component,

-43- | This Sheet Has Been

N T



-end W t 1ne LFL and .LFR in thi-s quadrant as: LFL = -
cos(cs)/ cgg@s§ +sin(cs)) -frontboundary tbl (bp) + 0.41*&?1;[?89.8.,1??% a) LFR-
= sin(cs)/(cos(cs)+sin(cs)) + frontboundarytbl (bp) ...(l'l'b) Note the
correction of cos(cs)+sin(cs). Wien we divide cos(cs) by this factor -we get .
the function 1- 0.5*¢cs), which is the sane as the Dol by matrix, in this
quadrant. Wien we divide sin(cs) by this factor, we get the earlier

[one oot B € By ] el L pdil il b s R, Wi i | o, -
si n(cs)ékGasdBy)ari] tHisSourve goed T Skro to 0.5, as expressed in equafidgl{BoHee

FIGs. 12 and 13 for a graphical display of these values. In FIG 12, which
vi ews abe¥ecoef fi ci ent graph fromleft rear, note the large correction al ong

the left-r Uk i . 0 -1 o]
when steer %aigig’éy ﬁlg}mq-ggf tSS }}%?;Hf éﬁ? Hrig‘ée{ Noiﬁ%&gﬁé%%%{ Eﬁ%ﬁt&eﬂg&g%ﬁgn@t he
stger ithg derRtRISRRtOO(dinlts + arts) Mithghé lkentrol sighaA>d/s appled fto tthe reaght
rear quadrant the function is jdentical to the Dol by1i matrix. In FlG 13,

note 3 pisegairpeurdichapnels & keew the leveb of pamsiy comptantyaf deseribe@ baret i on
1 ke bpsbamRal Lo keep (he ront ouipul ot zero elomg ih o
rear directTwmiagcandtlGhe7 | there @s skbwnaaml active eacoder switgble fgnadseant t he
movie soundtrack encoding generally, and particularly with reference to the
10  decoder embodiments presented above.
In FIG. 7, the same five signals LS, L, C, R and RS are applied to the
correspondingly numbered terminals 62, 50, 52, 54, 64 respectively as in the
. encoder of FIG. 3. For each of these signals there is a corresponding level detector
and logarithmic amplifier to provide signals proportional to the logarithms of the
15 amplitudes of each of these signals. These elements are numbered 212-230. The
logarithmic signals are respectively labeled lsl, 11, cl, rl and rsl, corresponding to
the inputs LS, L, C, R and RS. These signal levels are then compared in a
comparator block (not shown), whose action is described below.

Attenuators 254 and 256 attenuate the LS signal by factors of 0.53 and 0.83

20 respectively, and attenuators 258 and 260 attenuate the RS signal by factors of
0.83 and 0.53 respectively. '

Each of the five input signals passes through an all-pass phase shift
network, the blocks labeled 232; 234, providing phase shift functions ¢ and ¢-90°
respectively for the attenuated LS signal from attenuators 254 and 256

25  respectively, blocks 236, 238, and 240 providing the phase shift function ¢ to each
of L, C and R signals respectively. A signal combiner 242 sums 0.38LS with
-0.38RS to provide a center surround signal to phase shifter block 244, which has
a phase shift function ¢. The phase shifter blocks 246 and 248 provide phase
shift functions ¢-90° and ¢ respectively in the RS channel from attenuators 258
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el enent i syéo9eiigeal to the Dol by matrix.. One of the major geghiisagnbs of
~ the design of the Logic 7 matrix is that the | oudness in any given output

of unsteered material presented to the inputs of the decoder should be
constant, regardless of the direction of a steered signal which is present
at the sanme tine. As explained previously, this neans that the sum of the
squares of the matrix elenents for each output should be one, regardless of
the steqhidn@edirbssddtielyAs expl ai ned before, this requirenment nust be
altered when there is strong steering in the direction of the output in
question. Thah signalidomkinimg mhakyix R§Oaturnhéhe diS( g rsigaloatttpatiatachby thm of
the squares of t matrj x el engents st increase by 3dB when the steering

t 3
goes f ulatteraiator A4, yth £aan Sin (s, ke k80 : sisnabgthensnted bydthenhat when
th t ' oryard .and ckwar ong the lr = 0, axis.. However we
caﬁ :tie%rttefnrgﬁ%¥%éswggsg?lﬁfcoﬁ L%] ?3&%@@3}% &“?16:(@1@%&1”@ &0 QF 07 he
sum of Qﬁf—'ﬁ) %ﬂairgtr_i eqrqp_ lGs. 1 d.Fl 1
thesse) pltaglﬁsﬁ?éjor t ﬁdeél sed dEs(PgE%.L n .§$¥§%§Fﬁﬁ%et@eﬁggg b")e e?‘?f{ SL@’
left di tegrodnge ahd leficoutput \sigriall Asteterpankl 4¢. a si gnal goes from
unsteered to 22.5 _degrees in the center direction. (For this plot we

del eted the ¥ comblernabns @5 yums thecRBog signahwithe grinsindat theo we
peak i o HSBAGS St e heipeat QubdeitioD Seal She i Sanplwith g
Sg; iyngl 22267,]( éﬂg%ﬁtﬁ%’)'s?&alw& %rBE'\%e e tr1hg(?1tootu Ie){lt %Jgg Ecéaxr'}kisnatlhfﬁ.r 5 sumis
10 The steering angles ©,¢ and © ,; are made dependent upon the log
amplitude signals lsl, 11, cl, rl and rsl in the following manner in this embodiment
of the invention:
Whenever sl is larger than any of the remaining signals, then O,

approaches 90°, otherwise, ®,; approaches 0. These values may be extremes of a

15  smooth curve. Similarly, if rsl is larger than any of the other signals, O

approaches 90°, otherwise ®,4 approaches 0.

‘'The particular advantage of this mode of operation is that when a signal is
applied to the LS or RS input only, the output of the encoder is real, and produces
an Vr ratio in the decoder of 2.41:1 (8dB), which is the same value produced by the

20 simplified encoder and the passive encoder.

Turning to FIG. 8, which shows a part of a decoder according to the
invention having complex rather than real coefficients in the matrix, the figure
illustrates a method for generating a third control signal ls/rs (in addition to the
signals I/r and ¢/s generated by the decoder in FIG. 4), which is used for varying

25  the additional phase shift network of FIG. 9 that is placed ahead of the decoder of
FIG. 4 in order to effect the generation of complex coefficients in the matrix.

It will be seen that the A and B signals are now applied to terminals 300

and 302 respectively, instead of to terminals 92 and 94 of FIG. 4. An all-pass
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one, ‘ggé’%%sghe design intent. The value in -the rear Ipé.fmgm@wt i's

not qui t to one, as the nethod used to produce the elenents is an
approxi mation, but the match is pretty good. In FIG 15, the unsteered
(mddle) to ri ght axis has the value one, the center vertex has thé val ue
0.71, the rear vertex has the value 0.5, and the left vertex has the val ue
1.41. Note the peak along the niddle to center axis. 12. Rear matrix

| d
O oAt b 307 8yt ThE b8 SRR ADTEdubebl 3] P21 £
SL ag ?Zs,rﬁet%b%@RLMEﬁagﬁt{hbwbhﬂa nRtWoEd 806)hanfg dheashdng: qu@tmhhﬁ(ﬁ-rgmtrebafvtie 5
= a

LRR = the7Asignal from terrmn% 3(2(} The phase shifted signal from 304 is pitegp t he

.r .eér ( lll:g;];ct Eﬁczj'r @-th%ir; (afte ﬁéé&%ﬂrﬁ% She fla?gg%g %@a}irature phase shifted
(18d) éxé‘ﬂﬁl ﬁ‘oﬁhBOB&kfatﬁénﬁi&dﬂb}&ﬂ@e fsctorl 0191 irphtiennasor BIOeﬁl‘hd?bu‘émttslxﬂR )
The rear matrix elenents in the Dol py Pro- Logl c are (after simlar
cal i braiteonatorp 308 and Fldhare spmmehin symmer 3124 (| r)
'( 14 b§ 15122) LR B ilgnal at terminal 302 is passed through an all-pass phase shift - - -
network 314 so that the output of summer 312 is signal A shifted by 65° relative
to signal B at the output of phase shifter 314.

10 : The output of summer 312 is passed through attenuator 316 with an
attenuation factor 0.46, and to one input of a summer 318, where it is added to
the phase-shifted signal B from shifter 314. Similarly, the output of phase shifter
314 is attenuated by attenuator 320 with t;he same factor 0.46 and passed to
summer 322 where it is added to the output of summer 312, the phase-shifted A

15  signal. The particular choices of coefficients in attenuators 308, 310, 316 and 320
are made so that signals applied to the LS input only of the passive encoder will
produce no output at the summer 308 and a signal applied to the RS input only
will produce no output at the summer 322. The object thus is to design a circuit
that will recognize as input. of the decoder the case when the signal is only being

20  applied to the left side or right side of the encoder. It does this by a cancellation
technique, such that one or the other of the two signals goes to zero when the
condition exists. '

The output of summer 318 is passed into level detection circuit 324 and log
amplifier 326, while the output of summer 322 is passed through level detector

25 828 and logarithmic amplifier 330. The outputs of log amplifiers 326 and 330 are
passed to subtractor 332 which produces an output proportional to their log ratio.
This output may be selected by switch 334, or the output from the R-C time
constant formed by resistor 336 and capacitor 338, which have values identical to

the corresponding components shown in FIG. 4, may alternatively be selected by

—
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. For the remodbmtaséLRL = 1 - GIr) : : PCT/US98/18390

' .(14c) LRR = -1 . (14d)
(the right half of the plane is |dent|cal but swi tches LRL and LRR) Not e
that the Dol by el enments and the '89 elenents are calibrated to be equal in
the rear left quadrant when cs = -45 degrees. 13. A brief digression on the
surround |l evel in Dolby Pro-Logic The Dol by el enents are simlar to our '89

patent ehtENBS4 dnd passddu &R B40 dSRRBAEEIring ségndlnisiBe rear. This
difference is_in fact quite inportant, as after the standard calibration

procedure t héllne ¥hewsignahls/rgwilbether beenmazimuus positive yedes wthen aragnral

cat {or atf aptiiedlER R BN Bnlor 8 R oRUGIUSDT 0530k SRRBHYE el

with a nehehiaveipnabidappliey tocblel RS .inpatost cases thfe el emfants arﬁ I
presented as if they had_a maxi nym value of 1.41. In fact or techni ca
reas®ns the mhee Wrapmﬁtée signal|lp/ra s ke gantspl $haiepus phasey appliedto th

TaXi numa/&w%\]% FIES S  fRP é;ﬂ eiisra{l ?Hé Elﬁ%f) Wg?@‘lgﬂg ﬁle?ﬁglgéose %éﬂ%ghy

put to use arn of ea spe

adj ust tthenh zﬁchBgm@haMapbhbd&olteﬁnmﬁ@ksC%Ednﬂrflmmf I.’[iE(Oflc aur maj or Ioll regt i onz
- left, cente right, and sur nd - wth equal soun ower is playe an
the gain of i‘lbﬁ CHRFUBk BhPWn AR, é&#e@ ipgludes s phasg shtbena42 iof phassifupgtione

|1 steni ng RASIH kotl pb AR AGhe SRiftdY S @ggpglufg@g 8! ﬁqlo%géédggg P YflenBhtbi'Sa4

matri x elenents SCa er are eq ua

undeo coisiihigothe @ftehubtiodtwankngs O, Revite eObhaks lshiftse BudedHith nay be
calibration in the equations for the rear el enents above.
the same shifter as 306 in FIG. 8, of phase function ¢-90°, is passed through
attenuator 348 with attenuation factor sin ®,,. The outputs of attenuators 344

and 348 are summed by summer 350 to provide a modified A signal at terminal
352, which is to be directly connected to terminal 92 of FIG. 4.

15 In the lower part of FIG. 9. the. B signal is applied to terminal 302 as in
FIG. 8, and in one branch passes through phase shifter 354 of phase function ¢
and attenuator 356 of attenuation factor cos ©,s while in the other branch it
passes through phase shifter 358 of phase function ¢-90° and attenuator 360 of
attenuation factor sin 0. The signals from attenuators 356 and 360 are

20 combined in subtractor 362 to provide a modified B signal at terminal 364, which
is to be directly connected to the terminal 94 in FIG. 4. The result in the change
of phase is to produce better separation between the LS and RS outputs of the
decoder (as well as the LR and RR outputs in a 7-channel version) when only the
LS or RS inputs of the passive encoder are being driven with signals.

25 The relationship between the control signal ls/rs and the steering angle O,
is shown in the inset graph of FIG. 9. As ls/rs reaches 3dB, the angle © ¢ begins
to change from 0° rising towards 65° at high values of Is/rs. An exactly

complementary relationship applies to the other steering angle ©,¢ which is
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- 41- Wgﬁgﬁf,di fference in the elements in the forwar dpstRR66E3N - -
unsteered condition is not trivial. Duringunsteered conditions the elenents

fromthe '89 patent have the value 0.71, and the sum of the squares of the
el enents has the value of one. This is not true-of the Dolby rear el erents
when calibrated. LRL has the unsteered value of one, and the sum of the

squares is 2, or 3dB higher than the '89 outputs. Note that the calibration

g Lffgﬁkg&&&f‘eﬁybg $heAnPefR 6 /s NhidPGR Ol rSN, <3 HRAE f%vnarﬁme @ﬂ%i;&ggﬁ ound

passive matrix when the matrix Is unsteer
passi \3dBpthe xakipest @ ebeginatiotinereazarfromt PyumeHagltdwhade anhesyaptute it
.71*(Alerr] - Blerr]), and the Pro-Logic natrix does not neet this
speci f+@85itwhen r4/ls és alt tits saxtimumivabud. hAs/Oanand @ ppeary, dhe nostrix r el at ed
the rear output wll he 3dB stronger than the others. If there are two
speak egosfligigniseifeetavely hecomesomelexiiug to thaphape shangeat the irputsin a

Si ggl et}{ee%i%%%grb%%%n .eﬁgdége%%%@%‘ﬁr@ﬁ' 41ve speakers have approxi nat el y

equal sou s ‘are uncorrel ated. Wien the matrix
el ement s frBiGt he illaStpséecnh dtanasivd, ethbedinsers afodn ehadtdeanthptodiéiéus e

ncor rEPER Bift ThETC S SRARRTANG e Phase eRLARATAERS  ThoRember dabashc.
encodc i SRReRLcc BY reliiEed By SouibifBid e PrallAghtls MIISHE Sotiip i | .
t he preiduagh thead phasershifter,r s risofting $n minke dw oAp Bindviwg @905 phalsance i s
a design goal faor our decoder, and encoder. as a conbination. However wth
stl@ndashifisnetveerksat The slescription of © ¢ and O, 1s also simplified. ©, approaches
90° when Isl/rsl is greater than 3dB, and otherwise is zero (just as in the decoder
design). Likewise, O, approaches 90° when rsl/lsl is greater than 3dB, and |
otherwise is zero. | |
In FIG. 10, elements corresponding to those in the right half of FIG. 7,
15 namely the attenuators 254-260 and the ¢-90° phase shiﬂ:ers 234 and 246 have
been correspondingly numbered. In order to provide a more detailed discussion of
the difference between this encoder and that of FIG. 7, the elements of FIG. 10
not so corresponding have also been numbered. It will be seen that the
coefficients shown in signal combiner elements 242, 250 and 252 of FIG. 7 have
20  been extracted from the signal combiners and applied separately to each of the
relevant signals in attenuator elements 262-274, and that these signals thus
modified are combined in simple summing devices 276-284, while the five ¢ phase
shifters 232, 236-240 and 248 have been replaced by two phase shifters 286-288.
In FIG. 10, the signal path for the LS signal from terminal 62 of FIG. 7
25  passes as before through attenuator element 256 and ¢-90° phase shifter 234,

then passing through the actively controlled attenuator 270 having attenuation
factor cos O, this being the coefficient formerly shown in signal combiner 250 of

FIG. 7. This signal is summed in summer 276 as one component of the signal
output labeled A at terminal 44 of FIG. 7. |
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the goal iwWOt9/1238pr oduce the power balance in the original rrEISHBAGNOWNI e
- generating a tasteful and unobtrusive surround. The problemw th the Dol by
matrix elements is that the power balance in a conventional two channel
recording is not preserved through the matrix. The surround channels ar¢
too strong, and the center channel is too weak. -42- To see the
| nportance of this issue, consider what happens when we have an input to
t he decoder ThatsigmalspatlsfmfthehRS8esignabat éatrainAr64iie MGeWa&mﬁldiﬂjrtpa&r@ds

rL: %hi C@g}) %g P%ﬁteglggto% ffé) ar tp gs%ds u?te(x)'r2r4eé at eeg t %Q;[lg aC O%ggt%gxﬁatorpg -
* e d B| n

are ol AU RtERRAEOR SR iGieRh 595 Qe Trmagrly mft oh 52 Mlhifbe ash

room wi FtGbe, B Qﬁﬁﬁhép 280 Whetd f' il ane &émﬁbﬁeﬁ@w&& 'PQQBéleﬂaﬁ &t Ough' y

equal anpli t udes. power ratio of the Center conporne to the left plus
ri ght c’@ﬂrpun@htélﬂmﬁf“l@eﬂ 2. W\ woul d | i ke our decoder to repr oduce sound

h t h eo,
Pogar i oss ofbpuenst Bpll B Pl tiel sigital Foh Wrinindt bBitart °f Faisses
mat henefitgagtinen gﬁsﬁéﬁhatdryzﬁél%ﬁﬂ u@terﬁpamn E@éfﬁ@leh%q}J'H 1'515%5: wHith it @@C' fy

t he functi onal ormof the center matrix el enents al ong s axis, |if
t he ot happhed it sushmers 298zand 28ReThe Lgsigmal ﬂd‘mWermsnaMﬁOtdﬁeFIﬂll bys mat r | x

o e el AL SR A R BRIt B o 1, P

10  applied directly to summer 282. The LS signal is also applied through attenuator
254, and through active attenuator 268 with attenuation coefficient sin O, to the
summer 278. The RS signal is also passed through attenuator 260 and active
attenuator 272 with attenuation coefficient O, to the summer 282. Finally, the
LS signal passes through attenuator 262 of coefficient 0.38 and the RS signal

15  passes through attenuator 264 of coefficient —0.38, both attenuated signals being
summed in summer 284, before the result is applied to summer 278 with positive
sign and summer 282 with negative sign.

The output of summer 278 is passed through ¢ phase shifter 286 to

summer 276, and the output of summer 282 is passed through ¢ phase shifter 288

20  to summer 280, summers 276 and 280 respectively providing the signals A and B
to terminals 44 and 46 of FIG. 7.

Examination of the attenuation and summation of each of the signals LS, L,
C, R and RS into each of the outputs A and B will show that these output signals

are identical in content to those of FIG. 7, but with three fewer of the expensive
25  phase shifters relative to FIG. 7.

In FIG. 10 is also shown graphically the relationship between the angle Ors
and the value of rs/ls (or -ls/rs) for signals steered in the right side quadrant.
This angle affects the circuit elements 272 and 274, as indicated by the arrows.

An exactly similar relationship exists between the steering angle 0,4 and the
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- i.e. 3 ¢t han the standard cal-ibration, then the c j X
el enent sqs%hdoga?? have the shape shown in FIG 16. W can dga?ﬁ{asggggggdthi ng

for the standard calibration, and the results in FIG 17 energe. In FIG 16,
assum ng the power ratios in the decoder outputs should be identical +0 the
power ratios in stereo, and wth the rear Dol by matri x el enents cali brated
3dB lower in level that is typically used, notice that while the actual

S gnanalp B RS YA sl bl ing Yrcl, BRI B BTOTC . eiming

equal powerTuAiingstotBIG!t B1,can gnvedertiseshviin,ithad 3s very elmailants and

calibration actually used in y. Pro-Logic (dotted curve), notice that
the acOBSITUFRORC® ‘a}eeew%@rtqfﬁcgd@-t%oa%wmmﬂ thay Argcomparable mhese t wo

figur ' ' 3N, . e re. of . y that a m x
pr par Sa ol R Hebfie Hun BRI \ARE St e TR e hover P HBYY s

| obidnedemiehss) thenfoxir aipaoatrd @lemnknis) aakidble atentmtorso2964293, yundatwio x

pr epar ed r.stereo will |lose vocal, clari yed over a, Pro-Logic

dec o_clef*‘r".ntlf";i generafer elesnenis 394,29 iﬁﬁgggatlgln wpusiergingls favsder .
v L Nt SERBESR hEMpoRBIO MiaTPHD  Scuss (e centor iy
both the ' 8Phelparpose ofitise atidedDglaiy cehtrobslesnérsistiseab dolneect boshdhley a single
s I TN W SR R ETACC RIS
10 separation in response to simultaneous left side 'and r'i'ght side signals. When
strbn'gly steered signals occur in the left, center, or right channels, the Dolby Pro-
" Logic compatible type of decoder, i.e. in this case one that meets criterion E,
rather than criterion D, applies a boost of 3dB in the front channels. This boost is
quite audible as a shift in the balance between dialog and music, for example.
15  Typically, in mixing a soundtrack for playback with a Dolby-compatible decoder,
the recording levels of dialog and other strongly steered front channels is
compensated by the sound mixer who listens to the sound track through a decoder
which applies this boost. However, five-channel films encoded through either a
passive ehcoder or the type of active encoder discussed previously with reference
20 to FIGs. 7 and 10, will not be so compensated. _
In the new encoder, the three front signals L, C and R, are passed through
three variable attenuators 290-292 respectively having gaﬁn coefficients GL, GC
and GR. These coefficients are controlled by s_teerihg control signals derived from
the outputs of the encoder. To do this, the output signéls A and B are fed into the
25  inputs of a steering signal voltage generator 294 which comprises identical
circuitry to that of the decoder of FIG. 4. The two steering voltages I/r and c/s aré
thus derived, and will be identical to those generated in an active decoder. These

two steering voltages affect the gain coefficients in the manner shown in FIGs.

12a and 12b. The signal Vr and inverse r/l control gains GL and GR respectively
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i ncor por atw@ 9MMA28he front |eft quadrant in reference [1] of POIAS9%A8Nhe
. application No. 08/742,6460. The goal of the elenents in this quadrant was
to elimnate the output of a signal steered fromleft to center, while _
mai nt ai ni ng sone output fromthe left rear channel for unsteered materi al
present at the sanme tinme. To achieve this goal we assuned that the LRL

matri x el ement would have the followng form For the |eft front quadrant
LRL = 1-of@éinents 29054164 @OR, while gain GC of element 291 is controlled) by BR. =

Chese ot ti x VGRLHE & Bositiue: (Fragring i 60 She heft) dheaialat SLa6 Fodpced frigh

o add o Skodtdthe b the Giud shibhin AIM1E, $2p) WHIG the Fatucdf GR FRAIACLHIZE,
rear outSimilatly, prihen be is negative} tey ealuel gh@R jsameiucad dcberdingetoethesignal
that St nAREEI Y Pl bo P har Hila e valie 0t L% if 1St lal s Lakamisy g
~from | efdh ot QonEBESE sfe@ﬁlé SNl gbsitve @RebFed %d’%lﬁ%@ﬁogfﬁmt{h% éﬁne@r%aﬁgs ,Evﬁ{élrl]

al though a nore conplicated representation o s given in
' 91 pat edds acdtwlibgdorther @awetdtl ihsl2H buteGEhmunaires hielivdeat thalc/s signal is

(51 n( ooyt THe ARG R L7648 88 Smuemb ot Hhe QA b s ouim B4 Gee
material. Wi & O Bt and Y SEE8AE Yrel genklgtdd FithihPRedB4BR 1860 ; bdddase
10  changing a gain also affects the steering voltage, the correction applied to each of
the front signals will exactly match the boost applied to them in the film decoder.
The result of this is that dialog, music and strong left or right sound effects
maintain the balance of the original discrete mix when the original five channels
are encoded to two and then decoded back to five or seven channels. There is in
15  fact very little loss of subjective quality when the two channel version is compared
to the five channel original. Most of the time, there is no apparent difference at
all. |
A further improvement in the encoder of FIG. 11 is the addition of the gain
coefficient GS of variable attenunator 293, which is controlled by the control voltage
20  generation circuit 295. The gain coefficient GS acts upon the signal from summer
284, which is the difference signal between the left side and right side input
signals (multiplied by 0.38) The purpose of this side difference signal is to provide
the proper negative value of the ¢/s signal when there is a strongly steered left
side or right side input to the encoder. However, this side difference signal
25  reduces the separation between left side and right side inputs when both are
present at the same time. This reduction in separation is particularly important
in the case when the LS and RS inputs are nearly equal but uncorrelated, such as
during music, applause, or surround effects like rain.
During these unsteered effects, we would like to disable the difference

30  signal, and this can be accomplished by reducing the value of GS whenever there
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“correctiwoobgrget very successful in-the left front quadrgsifusdsassdel G 18.
(For the right front quadrant the matrix elenents are identical to the LRL"
and LRR elenments in the '89 patent.) In FIG 18, notice that in the front

| eft quadrant there is a 3dB dip along the line fromthe mddle tothe left .
vertex, and nearly a 3dB boost in the |l evel along the boundary between |eft
and center. The nountain range in the rear quadrant will be discussed

| at er js h8 rstfd“ti%s cotiraMitith b&Qvedn/ tHRIdH éi'deﬁz%d fHtAAdE Righlals bb

: plRE e
removed, to allow better conparison to the present invention'in FIG 20.

FI G escadesws several problenms with the sound power. Fi rst consider the dip
in the su f the squares _alqna the.cs;,3 0 axi Thi,s dip _exists because of
the fonct i obie bR B Sourplaiith b neluctetn i ol tRe Rldkridy ThitagSes )

was agetivedf¥om tHe lefiesitlerdnd right Hide inphts fouthe érdddal ) esiay £¥bsfrel i n the

decoder, and its inplenentation in analog_C|rcuitré is easy. ldeally we
wdul dvbltrge genkeatdon cingnit 295 sipilar toithat in slemgent 294, which thue prodisidsr )

and r). J.n. : Kk of guares, . of, - 45- LRL
ond iR EhnlabL SIS 1R piE &' CFRe 1% SHrfle bR ARR0 Hered on e
boundghy obitieERerstdrt ofifle @etivefencddérssiedin if FIThe7, tdécondtdldhal wailuks o€ t O
be sure the matri x elenents are identical to the matrix elenents in the

ri ght Gemd QuadrWhileghinfeathre is retained in thlencodwr ofsElGell | Riditiorad (cs) -
| o . 17 :
S )circuitry determines the front-back componegxts %%' the side signals. Both the ls/rs

10  and cs/ss signals control the gain GS of attenuator elemient 293. The ls/rs signal
also controls the steering angle /s in attenuato_ré 270 ahd 272, and its inverse,
rs/ls, controls the steering angle trs in attenuators 272 and 274.
The value of GS is then determined by taking the larger of the absolute
values 0f signals ls/rs and cs/ss, limiting this value to 7dB, dividing by 7, then
15  subtracting the result from 1. Thus any signal with correlation of 7dB or more
will result in GS = 1 so that the encoder works as before, but when uncorrelated
signals are applied to LS and RS, the value of GS will diminish accordingly and
the decoder will revert to the high separation between these inputs.
_ In thé process of comparisons of enc‘oded/decoded signals’ versus unencoﬂed
20 multichannel sound, it became apparent that the output from the left front or
right front channels during side steering was not reduced enough. According to the
Dolby Pro-Logic specification, which does not include left and right side channels,
the left front output of the decoder reduces in amplitude by only 2.5dB. This
behavior of the front channels is intentional, in order to follow the Dolby
25  specification, but in the standard Dolby specification there are no side channels to
decode, and only a single rear output. There is therefore a need to modify the
Dolby specification for the left and right front outputs during rear steering when
there are side speakers. ' '

In the modified specification, the left front and right front outputs are

-
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LRR = -si wW0991238R(| r) . ... (PTFUSHH1I8MGL t he
sum of the squares to be one alongthe cs = 0 axis,, (1- GS (1r))[err] +

(&R (Ir))[err] =1 . (18). andthe out put to be_
zero to a steered signal, or as t varies from zero to 45 degrees, -
LRL*cos(t) + LRR*sin(t) =0 .(19) Equations

(18) and (19) result in a nmessy quadratic equation for GR and GS, which is
sol ved redadedciy lay additipnzpi3dB whehnl theréds reae soéerifg andhesate sil® MThus

| it endethe FamAlel. sigRal s seded bk tBianBPuh &5gh SHENA) RADSgoR kot b%éhéﬁry
t

very | niide; arfthe FghE refﬁ“s‘S‘{’% RS ig BrBEHeoBrd 483 Hibral ARG Rkt

heuri st rightl sydw thﬂh’dm‘ sﬁldlecnpeta@ess indtatigd, Witisvdlédrlgiiviptevbothe rpiparsnt

ond Poo. mshan oha dignal HHAVIRE SromHe fromh i EHBF i GanibHhen e dhe reat vi de,
b | f | |
; gt amj O%mbW?Gfep ylgr{ 1Q %dt%efaz;ge %o?ééﬁé‘;‘?‘?, rtgétm ﬂ:ﬁﬁlglé)?;g qﬂya? Xa&ﬁl%l%&ﬁé%ﬁgg with

xym n =p;standard Pro -Logic encoded film. The variation in gain for the LL and LR
matrix elements for left to left side steering is shown in FIGs 12b and 12¢
respectively. Similar curves apply to the right side steering.

10 Another aspect of the decoder improvements is a special limiting correction
that may be applied digitally to the l/r and ¢/s directional control signals. This
has the advantage of improving the speed and the accuracy of the steering.
During a pan from left to center of a strongly steered signal, the I/r and c¢/s signals
‘are not independent, but follow a complementary path, shown in FIG. 13. If the

15 logarithmic detectors act rapidly, this curve will be followed dynamically, but
when a time constant is included, the value of the rising signal can increase
rapidly, but the falling signal is usually changing at a slower speed. The result is
that the falling signal is higher than it should be, reducing the dynamic
separation. To correct this problem, the signal that is changing more rapidly is

20 used to limit the other signal to follow the curve of FIG. 13. Although some prior
art decoders included circuits for limiting control voltage excursions during rapid
changes, these circuits were not based on the rate of change of the control signals
but rather their absolute values. A particular advantage of the rate of change
method is that the increasing signal is enabled to rise rapidly while the falling

25  signal, which represents steering the matrix in a previous direction, is forced to
yield to the more rapidly changing signal.

Remembering the definitions of these signals, it is quite easy to work out
the relationships between the control signals, that can only occur as a maximum
limit, which will not be reached in the presence of decorrelated music.

30 If we consider a pan from left to center, L = cos ¢t and R = sin ¢, then the
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end i f (%HHoh 23) xymin = 23.- end % note that xym n varpepykéspigsser-o to
22.5 degrées.zﬁz then find the correction to the matrix efgﬁments al ong the

boundary using xymn. In the.front |l eft quadrant LRL = (cos(cs) -
GS(Ir))/ (I +.29*si n(4*xym n)) ... (20a) LRR = (-sin(cs) "
GR(Ir))/ (I +. 29*sin(4*xymin)) ..(20b) In the front right
quadrant, LRL = cos(cs)

.. (20c = - Si S) : _ _ .
(20d) c%’ﬁfg’r%g{fsegl Ielainée%&FZ] these el ements are additionally multiplied by the
"tv matrix'ceetiogpcost/Sin 80 in this application shows the .ng@8)ix

el emrents w t hout e "tv matrix" gcorrection, In this applicati this
correction Cr'%ﬂ%h%ﬂ@&wéf}o% ha $ipd dy= @ ENdent circuitry thatc()gwol | ows t he

mat ri x and riuy | | . 0 t: tyqt he sum of the
squares is ¢ %és?elté?aoﬁgﬁe gg?gﬁ?%godél%t%ae%}oﬁ? X Feﬁ%'égf berate rise in
| e§el in tHIG.ek shaws foheeferencentiie forme be tlee feft daar beft (BRL)3hatixng The

o L SIS, GLYED, LA, UG O RRLORL e R pEPORL sl e e 8
Ref er epe6rdibl 3he'prior pRARNAppIRRIti ditNo0 08/8B4, S48 7 Fhe PlluB’gSRIN €d @ -47-
coefficient is plotted in three-dimensional format as the height of the ordinates
with respect to the ¢s and Ir control signals, which are derived from the usual log-
10 ratio detectors in the decoder of FIG. 4. The cs signal represents the ratio of
center front to rear surround signal amplitudes and the Ir signal represents the
ratio of left to right signal amplitudes. Each of these signals is encoded as an
angle ranging from zero to 90 degrees. As can be seen in the illustration, there is
a. discontinuity in the value of this element near the left vertex, forminé a small
15  “cliff” as the signal moves towards the rear. There is also a central “valley” in this
representation. FIG. 15 similarly shows the value of the left rear right matrix
element, which has a similar discontinuity along the Ir=0 axis towards the rear.
These discontinuities are due to an error in the theory described in the
previous patent application. The problem is that there is a correction applied to
- 20  the matrix element in the left rear qﬁadrant which was done by a table indexed
through a variable called ir bounded. It turns out this type of correction only
works when the error being corrected is symmetric. The correction along the cs
axis is symmetric, but the correction along the /r=0 boundary is not. A better way
to do this correction is through an interpolation, as was done in the theory in the
25  previous paper for the LRR matrix element along the /r axis. In practice the
interpolation can be performed through two additional lookup tables at little
computational cost. The equations for this interpolation will be shown later.
The LRR matrix element is correctly interpolated along the [r axis. However as
can be seen in FIG. 15, there is a discontinuity along the ¢s axis. This
30 discontinuity was due to a programming error in the decoder version 1.11. The
-
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mat hemat i b 9@23zed t o derive these el enents along the boundaryusss/iisive | ef t
rear quadrant. The nethod worked al ong the boundary, but resulted in

di scontinuities along the Ir = 0 axis, and along the ¢cs = 0 axis. In March
of 1997 these discontinuities were repaired (nostly) by additional i
corrections to the matrix el enents, which preserved their behavior al ong
the steering boundaries. For the elenents described in this application
these ethesrsy preseniiee in tbermevtrhdyatent fipptcatiofNprotiRes the tmhfifeh@haht On
fixes discontinuities along the es = 0 boundary for LRL. The interpolation
causes shewpainuItGe #@tch the value of GS(Ir) when cs is zero, and all ows

th | ' t t . | ' by t.h eV th
| nor easdaCas bR TRBRErcoR B Mo ettt HhE BN R s s iR
to int eipglementédig thealdssder 6f a¥ision A.1Dacyadies @b tﬁB(ﬂrll't'é)riou%Gpaﬂe%ﬁ:t

side/rear outputs during rear steering fromRight to R ght Rear  Consider
firs taeplisationsin which thedisesntimuity lmsyheemuemioxed) thevbamreche

st eeri ng,.j -ral o t n | ri.ght .and. right .rear., That is,
Ir can 3%#631)? ?%Hrlérg 33 l-ﬁﬁié e%tggg ,%’ Eﬁgrecéluécgﬂ %g?VQQ%%%qomeZ%:Q degr ees.
Under t hesedaendi tions the steered conponent of the input should be renoved
fromthe |l eft outputs -ngb{}ere shoul d be_no output fromthe rear |eft

channel HEHDEHO™ tRénenbyisoundwmatnikn Bl dishows thmLIlematrimelensenti as
o T o 5 e SEBGEKRR 0 o PB4 SRR
10 the maximum valueis 1. '
Assuming that cs and /r are the steering directions in degrees in the
center/surround and left/right axis respectively, in the 1989 patent the equations
for the front matrix elements were given as:

In the left front quadrant,

15 LFL =1 - 0.5%G(cs) + 0.41*G(r) ...(100)LFR = -0.5*Gl(cs)
..(101)

In the right front quadrant,

LFL = 1 - 0.5*G(cs) ...(102)

LFR = -0.5*G(cs) ...(103)
20 In the left rear quadrant,

LFL =1 - 0.5%G(-cs) + .41*G(r) ...(104)

LFR = 0.5%*G(-cs) ...(105)

In the right rear quadrant,

LFL = 1 - 0.5%*G(~cs) ...(106)
25 LFR = 0.5*G(~cs) ...(107)

The function G(x) is described in U.S. Patent No. 4,862,502, and specified in U. S.
Patent No. 5,307,415. It varies from O to one as x varies from 0 to 45 degrees. In
the previous patent application it is shown to be equal to 1-tan( {r1/]1]) where
7| and |I| are the right and left input amplitudes.

30 In FIG. 18, the LFR matrix element from U.S. Patent No. 4,862,502 and Dolby
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-t he addiw({:/)@,l%sﬁt he sin(cs) + cos(cs) correction for the YaghR8Eoo -
| oudness. en this is done the matrix elenents are sinple sines and

cosi nes: 48- LRL = cos(-cs) = sri(-cs)

...(21a) LRR = sin(-cs) = sric(-cs) ) .7+ (21b)
Notice that we have defined a new function sric(x), which is equal to
sin(x) over the range of 0 to 22.5 degrees, and sri(x), which is equal to

cox( X)g i |4 A |43 0 iy i t tri
ol oo Hale s 4t (Eafed bY O £R5 (PR Hilhl VA0 B Bl SRRLGIT™! 11 ¥
steerigxg 00BN R ght Rear to Rear Now consider the sane matrix el enents as
cs becones greater than -22.5 degrees sagid in reference [1] and the
t wo paltrbnﬁre RPPIPEAMAseRE apRiicatigh| ﬁof%@gﬁ% o5e nfsy gere H%rga]rpx e,
and L ; i | foiel L1 Bk Sa1@r nber es
o noc PG R LA EpleRt LAL0 th 1 RS R B8red dmaerial shéyld 68

( cbs( Aonssant-regrrdiess- afsthe diréctior of she steelbdpst Mathpmatically hfa)médhs =

sin(45+cs),,= sric(-cs) ' . ... (22b oost(cs) is
def i nedhatthectag Sheds papaze of the LElaend 1 0B matsis slemppts %OJIQF% Bsel y

equi valfkah® D& iihi@lof: fl 1 GblibstibAThgRthisSfodlRhould Bearbikal in
except that rboost(cs) is zero for > Cs > -22.5, and varies fromzero to
0. 41 akhecdireatipnofitherste@?ng -ddipatd as, when4beddegerng is ffuld leftathe suncof onal

Shape i, ST e RablS 5RERE: LBodiaRsd B dAI05 2R sck 1Rk HRE ARV

10 matrix elements do not meet this requirement.

In FIG. 19 is shown the square root of the sum of the squares of LFL and
LFR from U.S. Patent No. 4,862,502, scaled so that the maximum value is one.
Notice that the value is constant at 0.71 along the axis from unsteered to right.
The unsteered to left rises 3dB to the value one, and the unsteered to center or to
15 rear falls by 3dB to the value 0.5. The rear direction is identical to the center
direction, but is not easily seen due to the perspective in this view.
The previous patent application No. 08/684,948 corrected this amplitude

error by replacing the function G(x) in the matrix equations with sines and

cosines: _

20 For the left front quadrant
LFL = cos(es) + 0.41*G(lr) ...(108)
LFR = -sin(cs) ...(109)
For the right front quadrant
LFL = cos(cs) ..(110)

25 LFR = -sin(cs) .(111)
For the left rear quadrant
LFL = cos(—cs) + 0.41*G(lr) : : ..(112) -
LFR = sin(-cs) : ...(113)
For the right rear quadrant

30 - . LFL = cos(-cs) : ' .(114)

I
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sound is pwoededgsom | eft rear to full rear. The Left Rear rmtmisssakmoents
during right steering are now conplete. 18. The Left Rear elenents during

~ steering fromleft to left rear The behavior of the Left Rear Left and Left
Rear Right elenents is nuch -49- nore conpl ex. The Left Rear Left o

el ement nust quickly rise fromzero to near nmaximumas |Ir decreases from
4.5 to 22.5, or to zero. The matrix elenents given in reference [1] perform
this, but asDRRsh@gdcgarlier, there are problenms with contiipgity at the
cs = 0 boundary._ For the March 1997 rel ease a solution was found which uses

functions of IBfEl(4.a4Q apsbowndthecsaurane xash of tthe mams of the ddfle e BFR natimix

bl =, | n rd side t he
Poundar et oot tle 2RERHAsoReh? BBRERANS" 100 (9BRLSUE Sealbd Sarther o
rear si deaxiosum ¥iluehie ¥.uNvté dhe Povetartyvaleleasfan? € ih khelaigitd pighdmule od
poi nt s, ﬁut S djﬁfy&erent when Ir is not zero or 45 degrees. The _
mat Remathe Plane: apd the geatle Bae do one ewarddide lefeverekowi ng equations for
he Left R ' | < Ar. < - en
transeri bi ng T deddlel RAEi®) 2 ahalB e BRACHS 17 tHoo® ibriy Wellents )

LRL = cikeeping Ithptmisic {uridtidalrgepenidentd,an aitithen414idobbwas hdded déhs the
...(23a) LRR = -flsitn (45- Id'g *sin (4’?((14(']-34 ry) +cos(45-1r).*cos (4*(45-1r)))
= - sracCP@Kisin the front, and a cut was added along the ¢s axis in the reapiThe reason

for the boost was to improve the performance with stereo music which was panned

10  forward. The purpose of the cut in the rear was to increase the separation
between the front channels and the rear channels when stereo music was panned

to the rear.

For the front left quadrant,

LFL = (cos(cs) + 0.41*G(Ir))*boost1(cs) ...(118)
15 LFR = (~sin(es))*boost1(cs) . (117)
For the right front quadrant, _
LFL = (cos(cs)y*boost1(cs) ...(118)
LFR = (-sin(cs))*boost1(cs) ...(119)
- For the left rear quadrant,
20 LFL = (cos(-cs) + 0.41*G(Ir))/boost(cs) ...(120)
LFR = (sin(es))/boost{cs) .(121)
For the right rear quadrant,
LFL = (cos(cs))/boost(cs) ...(122)
LFR = (sin(cs))/boost(cs) . ...(123)
25 The function G(x) was defined in the previous patent application. It is
equal to G(x) = 1-tan(45-x), and is the identical function used in the Dolby
matrix.

The function boost1(cs) as used in the decoder version 1.11 was a linear
boost of 3dB total applied over the first 22.5 degrees of steering, decreasing back
30  to 0dB in the next 22.5 degrees. (See corrl in the pseudocode below.) Boost(cs) is
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Not e ”f’?(? %3§@ve defined two. new functions, sra(lr) angsy g)[lé? pover this

range. cs >22.5, Ir can still vary fromO to 45. Reference defi nes

LRL and LRR (when Ir has the range 0 < Ir < 22.5) (see FIGG in reference

[1]) as: LRL = cos(lr) = sra(lr) -
.(230) LRR = -sin(lr) = -srac(lr)

.(23d) The two functions sra(x) and srac(x) - are now defined for O < Ir

i nt eg‘d'c?flow S%H%’? ¥l qeugo‘%eggélgr ré@f%ﬁﬁ%eﬁﬁf&%g’ arr e r%eaf] here are

two ginmbehtinuities. Along the cs 0 boundary, LRR in the rear must match
the LRR for the forward djrection ch shows LRR = - Ir) along the cs =
0 boundar Y calsalate Wg@(’ﬂ?s' CFW“I\@%@@?z mgh sonewhat

conput at i | n the

val ue of gg@%ﬂ\-/rgx) ﬁe%n&%‘sﬂ #‘a(ftt?ys?ﬁ@ giégrees£6ﬁrﬁgt %P%&g%%glvfﬁen CsS is

#ro weI efgrt 0y G(Zl4§)‘70taohfasnm1t5§?of l\sto(ﬁ increases to 15 degrees we

interpolate to al o] Ther | s al sp. the ossibility of a

di scont i nui $8FT& onégf‘f%?f‘r{)ﬁ%@géé Ch) % scontinuity was

corrected (%gewa.t): %]addl ng a termto LRR, whrch is found by using a new
0

vari abl e, unded. e correction term becomes simply sric(csbounded).
This termendl | insure continui ty across the: 1r = 0 axis.

for x = 25:46; % go back down for corrl over this range
10 corr(x) = 1.41; '
corrl(x) = corr(48-x);

end |

These equatione produce the surface shown in FIG. 21 for the LFL matrix
element in decoder version 1.11. Note that the boost as the steering moves teward

15  center is applied both along the Ir=0 axis, and along the left to center boundary.
Note also the reduction in level as the steering moves to the rear. ~

The boost along the boundary creates a pannin:g.error. Also the cut in the
rear direction is not optiinal. -‘There are two areas where the performancecan be
improved. The first is in the behavior of the steering along the boundaries

20 between left and center, and between right and center. As a strong single signal
pans from the left to the center, it can be seen in FIG. 21 that the value of the T
LFL matrix element increases to a maximum half-way between left-and center.
This increase in value is an unintended consequence of the deliberate increase in
level for the left and right main outputs as a center signalis added to stereo

25 music. :

As explained in a previous disclosure, when-a stereo signal is panned -
forward it is desirable that the left and right front outputs should rise in level to =~ —
compensate for the removal by the matrix of the correlated component from these

- outputs. However the method used to increase level under these conditionsshould

30  only occur when the Ir component of the inputs is minimal ~— that is when there is
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© First defiwe9a23s6unded in the foll owm ng Matl ab notation: cediousysassse |r -
Cs: if (cs-bounded < 1) %this |imts the maxi num val ue c¢cs bounded = 0; end

if (45- [err] . < cs bounded) %use the smaller of the two values cs = _
bounded = 45-Ir; end for cs 0 to 15 LRR = (-(srac(lr) + -
(srac(lr)-3lr))*(15-cs)/15) + sric(csbounded)); for cs = 15 to 22.5 LRR
(-srac(lr) - sric(cs bounded)); 20. LRL as inplenented in Logic 7 as of
August ‘m@métlefher ngﬂﬁween NHofRwvet Bhe Ixﬁe&@ﬂmﬁ&@nvuotﬁnplement thls
|nterpolat|onjust as for In Matl ab notation: for cs =0 to LRL =

( ( s a( | Apcreass Agy( @E(oniney )of (vessien) .15 was independent ofdshe cxalue D§ lr,camdz 5

r out uts during :ste ng, f Rear

Co Ful | TRORPEd i8 AL bacreBhd in Hrel SPRn 3 BBDE LRAIRRRGT SEls (R Py <
fol | ow the orfBise gryisiem is tleéﬁﬂemb@os[th]s oxnytﬂa;eﬂbe A6 thenrod ki€ When Ir is
corrections for rear |oudness.

non zero the matrix element should not be boosted. This problem can be solved by

using an additive term to the matrix elements, instead of a multiply. We define a

new steering index, the boundary limited cs value with the following code:

We assume both Ir and cs > 0 for a signal in the left front quadrant, also

assuming that cs and Ir follow the matlab conventions of varying from 1 to 46:
10 % find the bounded c/s
if (cs < 24)
bes = cs—(lr-1);

if (bes<1) % this limits the maximum value

bes = 1;
15 end
else
bes = 47-cs—([r-1);
if (bes <1)
bes = 1;
20 end
end

If es < 22.5 and Ir =0, (in Matlab convention cs < 24 and ir = 1) bes is equal
to cs. However as Ir increases bcs will decrease to zero. If es > 22.5, aslr
increases bcs also decreases. |

25 Now to find the correction function needed, we find the difference between
the boosted matrix elements and the non boosted ones, along the Ir=0 axis. We
call this difference cos_tbl_plus and sin_tbl_plus. (This code is written in a
modified Matlab, where variables are multivalued vectors. Comments are

preceded by the % symbol..)
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‘In Matl aoghadskon, For cs > 22.5, Ir < 22.5 LRL = Sra(lﬁ%T/Usﬁ/isQé‘os) +
~rboost(cs)) LRR = -srac(l r) - sric(cs bounded) This conpletes the LRL and

LRR matrix elenents during |left steering. The values for right steering can
be found by swapping left and right in the definitions. 22. Center ‘matri X
el ements The ' 89 patent and Dol by Pro-Logic both have the followi ng matrix
el ements: For front steering: CL = 1- lr) + 0.41*@F cs)

g ( 24(b)24a) éPB (T4é % difite £v680or 1n 01:8 ﬂggrfe sta? fl, has the values of 0 to 45

rear steerin
( AegredR= 1

(é4d) Si nce }he Jmi eI ments have synmmetry about the left right axis,
t he val ues"o# =d'H %ﬂ’#@% Br CORYRTL b gtréé}arq‘?g can be found by svvappi ng CL and

CR See FI @, x?&mfda;ﬁn% aahbeﬁ,l]e R t%&mte thO% et ad Bhe bBb &S 21,

the m ddl e of e grap and an rear vertices avel?%e va ue 1.
The cdnémtr vertex has the val ue 1.41. In practice this elenent is

sin_tbl = sin(al);
cos_tbl = cos(al);
cos_tbl_plus = cos(al).*corri(a+1);
cos_tbl_plus = cos_tbl_plus-cos_tbl; % this is the one we use
10 cos_tbl_minus = cos(al)./corr(a+1);
sin_tbl_plus = sin(al).*corri(a+1);
sin_tbl_plus = sin_tbl_plus-sin_tbl; % this is the one we use
sin_tbl_minus = sin(al)./corr(a+1);
sin_tbl_plus and cos_tbl_plus are the difference between a plain sinée and
15  cosine, and the boosted sine and cosine. We now define
LFL = cos(cs) + 0.41*G(lr) + cos_tbl_plus(bcs) ..(124)
LFR = - sin_tbl_plus(bcs) + sin(cs) ...(125)
LFL and LFR in the front right quadrant are similar, but without the
+0.41*G term. These new definitions lead to the following matrix elements.
20 The steering in the rear quadrant is not optimal either. In the curve above
when the steering is toward the rear the matrix elements are given by
LFL = cos_tbl_minus(-cs) + 0.41*G(-cs) ...(126)
LFR = sin_tbl_minus(-cs) ..(127)
These matrix elements are very nearly identical to the Dolby matrix
25 elements. Consider the case when a strong signal pans from left to rear. The
Dolby elements were designed so that there is complete cancellation of the output
from the front left output only when this signal is fully to the rear. However in a
decoder according to the present invention it is desirable that the output from the
left front output should be zero when the encoded signal reaches the left rear
30 direction (cs = -22.5 and Ir = 22.5). The left front output should remain at zero as
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- scal ed so.wiomorra3g6num val ue is one. In application No. 08/ 742 ?IG898483P0

reference [1l] these elenents are replaced by sines and cosines. For front
steering: CL = cos(45-1r)*sin(2*(45-1r)) - sin(45-1r)*cos(2*(45-1r)) + _
0.41*@cs) ...(25a) CR = sin(45-Ir)*sin(2*(45-1r)) + :
cos(45-1r)*cos(2*(45-1r)) + 0.41*Ecs) ...(25b) These equati ons were never
i mpl ement ed. The March 1997 product used the elenents in the' 89 patent, but
with a ¢hé sigreaitparafiuntbher sodul daff dlenindiosélemuntsivyedtitathdSremion W11

found that |t was inportant to reduce the unsteered | evel of the center
out put , 39@6& vathe ones@oress lteﬁarr mmthepytpyginthefwnt el dannal b

emg
boost f L Qf * | : Vigph L t g I X
o enent 2BElt BRAE whens Steral B AIRRAET e 1off CLEP RO, PhHEIdYel diffeliBice
boost f imstfficienthfdarhgoddpetfoidance of the nnmﬁx,CHmﬁs fnisheotr ai];s poedilak)it ]EcbﬁmJ bé.
listening tests. In_.the version aof March 1997 the boost function of cs
start s a'? z erlgug performance,egn, g 1IN VE éﬁ’sa\}?ﬂlﬁgc"g‘ei ﬁ}g‘ &%P@H&’E CL
and CR | . o] : r [ eis
o Coner SbERREid B Roel? SARRanL AR G2 dteltulobfiteq B WIY BP0

t hen changix elapentsvaty aluag the bendant b&verglefeanthearatThe el enent s

rise an%gﬁ{err?iggbalaﬂgfhgg rénbgrll (1jn %ﬁg S&ﬁg tp'ap-lf-zg L1§Mul’cichannel Matrix Surround

Decoders for Two-Eared Listeners,” David Griesinger, AES preprint No. 4402,

-

10  October, 1996) can be used to find the behavior of the elements along the
boundary. Let us assume that the amplitude of the left front output should
decrease with the function F() as ¢ varies from 0 (left) to —22.5 degrees (left rear).
The method gives the matrix elements:

LFL = cos(t)*F(z) —/+ sin()*(sqrt(1-F(£)*2)) ...(128)
15 LFR = - (sin@)*F(¢) +/- cos(t)*(sqrt(1-F(£)22))) ...(129)
If we choose F(¢) = cos(4*t) and choose the correct sign, these simplify to:
LFL = cos(t)*cos(4*t)+sin(t)*sin(4*¢) : ...(130)
LFR = —(sin(t)*cos(4*t)—cos(¢)*sin(4*t) ...(131)

These elements work well — the front left output is reduced smoothly to
20  zero as ¢ varies from 0 to —22.5 degrees. FIG. 22 shows that the left front left
matrix element has the correct amplitude along the left to center boundary, as

well as along the center to right boundary.
We want the output to remain at zero as the steering continues from 22.5
degrees to 45 degrees (full rear.) Along this part of the boundary,
25 LFL = —sin(?) ...(132)
- LFR = cos(#) ...(133)
Note that these matrix elements are a far cry from the matrix elements

along the Ir=0 boundary, where in the previous patent application the values were

LFL = cos(cs) ...(134)
30 LFR = sin(cs) ...(135)
-61- - This Sheet B

as Been Replaceq

$UBSﬂTUTE SHEET (RULE 26) //II/I///II // //l, /I/ /I /



-when thegglghasdgpd is "half front” (8dB or 23 degrees) thepRfNseiisidoX -
el ements are equal to the neutral values of the old nmatrix elenents. As the

steering continues to nove forward, the new and the old nmatrix el enents
beconme equal. The output of the center channel is thus 4.5dB |less than the
ol d output when steering in neutral, but rises to the old value when the
steering is fully to the center. See FIG 22 for a plot in three dinensions
of this el egghtog! ' . t he s Figiall Li.ght and
rear vertices h%%gﬂg@g?h%ﬁ%e&ﬁéﬁ%%@%ﬁ%%ﬁd%F%g??xgﬁgggéidpkgﬁ%e ter rises
t 0 t hebetateea left And Tullreavo Bheophkght Yitdhaisedse be ¢hé abrenddeaf a tpointcatt er

el ements _used in March 1997 are not optimal. Considerable experience with
t he de%%ééfegirﬁeﬁ)ractice has shown that the center portion of popular nusic
recor di ngs, yandedd'a ﬂb?&&ﬂofgnﬁg fﬁhﬁ&rﬁﬁﬂg%ﬁ@%ﬂo@e%ﬁga K5 8¢ By OV
switch between stereo (two channe ?’ reproductton, and reproduction through
t hé ne¢quationsnalag theoboumdanyhas feanéd cs approath thebgaendary.l dvbhear | i st ener

pos 11 giearoLates TS beiEBa ol HiE Bronest B eHPTASoLin dhete BPgdRaTyzcd i n

devel ophifle PhGILAMCAR! SipeBivd, % BEIBEBhatEN PR EHRNE Bene S attable L tifee
| ater, there is also a problemwhen a S|gna'T pans fromleft to center or

f r om ringhimum obht and&bong t he boundary. The matrix el ements in application
No. 08/742,460 givg t l.Low an output fromthe center speaker when the pan
' hal f vy bBeecind e DopAPRERREET 0 2 NAY 2000

10 bp = x; -

if (bp > y)
bp =y;
end

and a new correction function which depends on bp:
15 for x = 1:24 '
ax = 2*pi*(46—x)/360;

front_boundary_tbl(x) = (cos(ax)-sin(ax))¥(costax)}+sin(ax));

end
for x = 25:46
20 ax = 2*pi*(x—1)/360;

front_boundary_tbl(x) = (cos(ax)—sin{ax))/(cos(ax)+sin(ax));
end _
We then define LFL and LFR in this quadrant as:
LFL = cos(cs)/(cos(es)+sin(es)) ~ front_boundary_table(bp) + 0.41*G(Ir)
25 | (136
LFR = sin(cs)/(cos(cs)+sin(cs)) + front_boundary_table(bp) ..(137)
Note the correction of cos(cs)+sin(cs). When we divide cos(cs) by this factor
we get the function 1 - 0.5*G(cs), which is the same as the Dolby matrix in this
quadrant.

30 In the right rear quadrant,

This Sheet Has Been Replaced

R 1111

. SUBSTITUTE SHEET (RULE 26)




- 23. Centerworsat2®p in the new design Wiile it is possible t POTASHSE83IP0.

- strongly steered signal fromthe center channel output using matrix -
techniques, any time the steering is frontal but not biased either left_or
right, the center channel nust reproduce the sumof the A and B inputs Vith
some gain factor. In other words it is not possible to renpve uncorrel ated
left and right material fromthe center channel. Qur only optionis to
regul at e t he ILBBLidness{cof(cosles)seimles))speaker. How | oud shoul.d(i38)be? This

uestion dep on.th ehavj or_of .the left and right main gutputs. The
?ratri x val ue e§§m<§§>/_§86@é5ﬁ%?@ﬁh and LFR are designed 't-&3r95rmve t he
center comporgth. i shifs! thelefPhanglIenanatie Bmeht 38 VIBWes datidledle can
show that if the input signal has been encoded to cone fromthe torward

di r ect i ceaby Nefienthealaygesorrdction, albngrthasleft-s¢aar boundaityn Thid cabsest the front
t he ' 89 el ene e 1996 AES paper el enments,

'he. Sr AREIDYPUL Y0 £ 2500 DR St DB E OB ROl 160k TPAF ¢ 16 gt )
ocodor |SLILES A8 doleheiteaig oM il PR CHondvek okt HR0' s
unr el at eaild:_ismttli,e rightnresr W{wﬁrﬂmﬂmﬂ:ﬁohi&id;&pﬁca] te-the Dotby Maktier r]
 (26h) ¢ neNiGe?p reos, e i RoBtERt matEzdemanta Note the 19ty
the C capedreNto péart Beuhd@Rd Rhid Qicks vh REhfuti & iSRG IR, %TMEX elRelmenﬁ
conpletely elimnated unless CJerr] is large conpared to L[err]| and err].
I nng@ner'fé)l redvwsedhiesfronh outpit & eeno aloagtthis bohedarnad steéringtgoestfparnslefthat
does a lxie%tretg%llhf“eaér? Once again in the rear direction along the Ir=0 axis and in the

rear right quadrant the element is identical to the Dolby matrix.

| One of the major design goals of the design of the improved matrix of the

present invention is that the loudness in any given output of unsteered material

15  presented to the inputs of the decoder should be constant, regardless of the
direction of a steered signal which is present at the same time. As explained
previously, this means that the sum of the squares of the matrix elements for each
output should be one, regardless of the steering direction. As explained before,
this requirement must be relaxed when there is strong steering in the direction of

20  the output in question. That is, if we are looking at the left front output, the sum
of the squares of the matrix elements must increase by 3dB when the steering
goes full left.

We can test the success of our design by plotting the square root of the sum
of the squares of the matrix elements. _

25 FIG. 26 shows the root mean squared sum of LFL and LFR, using the new
design. (For this plot we deleted the 1/(sin(cs)+cos(cs)) correction in the rear
quadrant, so we could see how accurately the resulting sum came to unity.) Note
the 3dB peak in the left direction, and the somewhat less_ef peak as a signal goes
from unsteered to 22.5 degrees in the center direction. This peak is a result of the

30  deliberate boost of the left and right outputs during half-front steering. Note that
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-There arggdea2x@ys of calculati-ng what a Iistener hears. perasbi/fdener is
exactly equidistant fromthe Left, Right, and Center speakers they wll
hear the sum of the sound pressures from each speaker. This is equival ent
to summ ng -55- REPLACEMENT SHEET the three front outputs. Under these
conditions it is easy to show that any reduction of the center conponent of
the left and right speakers will result in a net |oss of sound pressure

from th | t ' »

speaker ]{Fhl S |si Eecauggﬂil e cgéll"t‘ﬂelﬁgérﬁg km%.‘%rgﬂév\%g‘ﬁ%%&%@%ﬁgﬁeﬁ% sum

of theélTke aathieBin thetrsar teftl gaadrast H!md)il tiuite eqmal 40 sed, aehanmpéthoddeseal t he

L[err], and er i gnal s.nust rise. ala W t aplitude of the Cferr]

si gnalto i‘%’feﬁ?ﬁ’@nﬁ % %H&PHTQXHB%U%%UW} g?%l thp &W aker, the

i stener i C I each
SFI;EE 87 BRbRs ﬂlféeé 1978 Y0880f thE s T;héQ O’I?Eﬁﬂeit . t’r} | L

speaker, I's equivalent to the sumo e squ res ront
ou5putmx:lud1ngat&te corxectitai tethe sezanlengl haewsdcfbmntﬂﬂtleﬂnréeactThhmmﬂenmﬂ t he

power s, of t he peak tua |y, ,wh i s _inportant, so, we S

Pons: damadi tomiEhE s hes the sBRe Sap) i onser sereachas Hhe FkiRRr L the

i ncl udiedg Jergext BAL tﬁetmﬁé 0.8 farVee t MO ISR LRrieSh AN tRd19alid 1idt. SNotdighé ati o of
t he anplitudes of L[err] R[err] and Cerr] are preserved when

swi t chperjoalongthe middle fepedei@®isn and natrix reproduction, the sound
power of t

o o PSRRI SRR VAR B e i

10  of the rear matrix elements during front steenncr

"'(

The rear matrix elements in Griesinger’s 1989 U.S. Patent No. 4,862,502
are given by:
For the front left quadrant: .

LRL = .71-.71*G(r}+41* T1*G(cs) - ..(140)

15 LRR = -.71*G(lr) + 41*.71*Gl(cs) ...(141)
For the rear left: _
LRL = .71 - .7T1*G(r)+41%.71*G(-cs) ...(142)
LRR = .71*G(r) + 41*.71*G(~cs) ...(143)
(the right half of the plane is identical but switches LRL and LRR.)
20 The rear matrix elements in the Dolby Pro-Logic are

For the front left quadrant:

LRL = .71-.71*G{lr)+.41*.71*G(cs) ...(144)
LRR = -.71*G({r) + .41*.71*G(cs) ' ...(145)
For the rear left:
25 LRL = .71 - .7T1*G(r) ...(146)
LRR = .71*G(r) | .(147)

(the right half of the plane is identical but switches LRL and LRR.)
A brief digression on the surround level in Dolby Pro-Logic — note that the
Dolby elements are identical in the front but do not include the boost dependent
30 on csin the rear. This difference is in fact quite important. The equations above
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ri ght out pwbogizseel its reduction in the rear outputs. An adaiCHgs9aiisio
conplication is that the left and right -front outputs have the | evel boost
- of up to 3dB described above. This will cause the center to need to be _
somewhat | ouder to keep the ratios constant. W can wite this requirenment
as a set of equations for the sound power. These equations can be sol ved
for the gain function we need for the center speaker. W previously gave

graphs sdifviviatidisgeizerty way ahesadetsders 498! utuRN9usedgi Weldsade nllutkier
various conditjions. The Pro-Logi ¢ decoder is not ﬁgtl mal . We flgn do the
sane fomaltix elefmenissuih a relatively prijtrary sepding.  Ha mesh @segdns o

(solid gpg gfései tell MR ﬁ&g@%&i txﬂ§x:§ﬁﬁ£?(r?ﬁfé”6pﬁ%’i¥ R fddRerdrRihnddgnal is

to be presérved in the front thre annel's as steering inhcreases toward
t he froreasohs thermiadrixcelamente are edkaventymliynsdabed sethey dfavieha neaxinmam

channel _i uite steep,s..the rise.s many dB of | i tude per dB.of

st odr | ng2 PEonsy 15 ddditiny WHelehg Artoderas SmallioPut 48 dbge it 4518 of each

curve) . ohspwetdtley icuddpeakents adpested el thedduid\power id kRO Sabhde hbithe

probl e W will de_sc_rvibge the "fjlm solution first. The_ solutign here is
|

not ent HSEBINGRIRRER R a\@gPBLY‘ﬁJIPWEeBF%ttP ¢ee despdemwbich dasdieeshown in
obi ous PYERTL B ThEIBLY maBf FFRBRs! MICE e, igft, S el '8 i ackitq 27
| ess cebhisrmehns thatdhe dctuaklevet of thé anatri elereen tarisvarhlet sovshgdout he
' esllﬂ t %\q ﬁ‘@tsi o él{leedggoldeg ali‘ieneequcgl under conditions of full steering.
The lack of a level boost in the rear direction in the'Dolby decoder means
- that during the calibration procedure the gain of the rear outputs will be raised by
3dB relative to the other outputs. In fact, for the Dolby decoder in practice:
LRL =1 - G(Ir) ...(148)
15 LRR = -1 ..:(149)

The difference is not trivial. When the front elements are scaled so they
have a maximum value of one when there is full steering in one direction, we find
that during unsteered conditions the elements from the 1989 patent have the
value 0.71, and the sum of the squares of the elements has the value of one. This

20  is not true of the Dolby rear elements when calibrated. LRL has the unsteered
value of one, and the sum of the squares is 2, or 3dB higher than the 1989
outputs. Note that the calibration procedure results in a matrix which does not
correspond to a “Dolby Surround” passive matrix when the matrix is unsteered.
The Dolby Surround passive matrix specifies that the rear output should have the

25  value of .71*(Ain + Bin), and the Pro-Logic matrix does not meet this
specification.If there are two speakers sharing this output each will be 3dB softer,
which will make all five speakers have approximately equal sound power when
the decoder inputs are uncorrelated. When the matrix elements from the 1989
patent are used, the same calibration procedure results in 3dB less sound power

30 from the rear when the decoder inputs are uncorrelated. The elements for the

rear outputs in the new design include a form of level boost when the outputs are
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‘FIG 24. tice we can substitute a linear rise for art of
t he" curve %%&m In the dashed line in FIG 24. In practﬁg‘g FG%ZJU %og wth

t hese center val ues have been excellent for filnms. Referring to FIG 24, in
practice the solid curve rises too steeply. The |inear sl ope given by-the

dashed Iine works better. Miusic requires a different solution. The center

attenuation shown in FIGs. 23 and 24 is derived assuning the matrix

ol oy MR T ettty et orBRE ohled o b Shuieely 85 20e Bt P
cent ertheyp rfonmrﬂhef 1989 phtedtait teznts of Gieir fuanundulepel s/henl Giegnaryg tests

shOM/that t g prevrous |l eft and right front matrix el enents are needl essly
aggre renovi ng the center conponent during mnusic playback.

Acoust i cal |'No E&ﬂaﬁe ipRpLARBbItAI 1stsneyc&m&éxdwtﬂﬁﬁpa pbRs WHEh e hayeved
fromthe left and right front nust rgﬂ@ven to the center -57-

| Oﬁﬂs aniaput o theedeender waipbyameiste o6 reycqmpmm Anomedreelased lefhd
riont %%%%h%%%?:ﬁ%nsentagﬂdte{]g §aE bn3REAE el BBAT cAfer p&g Arpbiond, The

roomus samne ri c ehough ener gy
into the cehires Isipeak®l*Cm create a convincing front i mage for.(B§0)of f-axis

| i stener i]e nimzin the reduction of stereo width for a | ener who
i s equi di%’f ‘G‘mtﬁrl]e é’r‘bnt left and right speakers. As we ddﬁb

appl i cati oryiNen Bf{ 464, BiPa¥€phayedfinNétet&ls; tABIdoWRI SWELIn the room will be

10  proportional to Lin*2 + Rin*2 + Cin”2. If all three components have roughly
equal amplitudes, the ratio of the center component to the left plus right
component will be 1:2. )

We would like our decoder to reproduce sound power in the room with

approximately the same power ratio as stereo, regardless of the power ratio of Cin

15 to Lin and Rin. We can express this methemati'cally._ Essentially the equal power
ratio requirement will specify the functional form of the center matrix elements
along the cs axis, if all the other matrix elements are taken as given. If we
assume the Dolby matrix elements, calibrated such that the rear sound power is
3dB less than the other three ocutputs when the matrix is fully steered — i.e. that

‘20  the unsteered condition of the matrix is identical to Dolby Surround, then the
center matrix elements should have the shapes described by FIGs. 28 and 29.

- In FIG. 28, the solid curve shows the center matrix value as a function of cs
+1 in dB, assuming sound power ratios identical to stereo, and using Dolby matrix
elements with 3dB less power in the rear than typically used. The dotted curve is

25  the actual value of the center matrix elements in Pro-Logic. Notice that while the
actual values give reasonable results for an unsteered signal and a fully steered
signal, they are about 1.5dB too low in the middle.

Similarly, in FIG. 29, the solid curve shows the value of the center matrix
elements assuming equal power ratios to stereo given the matrix elements and

30 calibration actually used in Dolby Pro-Logic. The dotted curve shows the actual

values of the center matrix elements in Pro-Logic. Notice that the actual values

-
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- | oudness bwotgornradséand error. We can then solve for the matripCHUSISHEI® we
need in the front left and right to preserve the power of the (err]
- conponent in the room As before, we assune that the center channel is _
reduced in level by 4.5 dB below the level in our '89 patent decoder, or”
-7.5dB total attenuation. -7.5dB equals 0.42. The matrix elenments for the
center can be nultiplied by this factor, and a new center boost function
(R canape niledd tleth 308 tdor lowt foit g rskeerikgs.= 0. 42*(1 - G(lr)) + GC(cs)
_...(27a)CR=0.42+gC(c;g2_ . . ) ..
For rear st eé'}heﬁ@ two hgpr S](lq_W_SOQ$t|h}l}g mix engineers are often aware of —
oo (27 SFH ; .00
(27d) Sever a?ﬁl%rﬁg‘%frgﬁsprv% ral geg{l rf (I)reglafyé) ra CI({BC(:){ICg)I.)OLIbHeP%)nIeJO%fVSgr? t Ig] (f)av{/1 ?r%?nnot
be i deaneedunoseeapteydotdaastitinan lat mix prppardd & playbackin stereoe angl e cs

in rees, an S 0 | ned. . S trial and error.. In MATLAB notation:
centbr Vnverpgs AR bRpPERd tor (iFeo Wil 1o oGl ity HlA bl o 1 o
= 0. 3; Guotleégiatdedoder). Idanically, this is not true of a passive Dolby Surround

decoder, which is identical to the unsteered condition of the previous figure.

(27b)

The present invention also includes the creation of two independent rear
outputs, as described below.

10 The major problem with both the 1989 patent elements and the Dolby
elements is that there is only a single rear output. The disclosure given in
Griesinger’s 1991 U.S. Patent No. 5,136,650 created two independent outputs at
the sides, and the math in that patent was incorporated in the front left quadrant -
of the U.S. Patent Application No. 08/684,948 of July 1996. The goal of the

15 elements in this quadrant was to eliminate the output of a signal steered from left
to center, while maintaining some output from the left rear channel for unsteered
material present at the same time. To achieve this goal we assumed that the LRL
matrix element would have the following form:

For the left front quadrant:
20 LRL = 1 - GS(Ir) — 0.5*G(cs) - ..(152)
LRR = - 0.5%G{cs) - G(r) : ...(153)
As can be seen, these matrix elements are very similar to those of the 1989
Griesinger U.S. Patent 4,862,502, but with the addition of a G(r) term in LRR
and a GS(Ir) term in LRL. G(Ir) was included to add signals from the B input

25  channel of the decoder to the left rear output, to provide some unsteered signal
power as the steered signal was being removed. We then solved for the function
GS(Ir), using the criterion that there should be no signal output with a fully
steered signal moving from left to center. The formula for GS(/r) turned out to be
equal to G*2(Ir), although a more complicated formula is given in the 1991 patent

30 (5,136,650). The two formulae can be shown to be identical.

In the July 1996 application these elements are corrected by being given a
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1f(cs <wi cs-1) = 0.42*10 (db*oenterrate/(ZO)) t M pe 1);
el seif (cs <9/130 gc(cs[err] 1) = tnp*10 ~ ((cs-11)* centerrate ??288?(5 | f
(gc(cs-1) > center max) gc(cs+l) = center max; end el se gc(cs+l) = center
max*10 "((cs-29)*centerrate2/(20)); if (gc(cs+1) > centerrmax2) gc(cs -ferr]
- 1) =center-max2; end end The function (0.42 + GC(cs)) is plotted in FIG
2.5. Note the quick rise fromthe val ue 0.42 (45dB | ower than DoI by

surr 0 t 8% ?Alggé%; ch e2¢ clogg%i It? thiis Jah@ %Jﬂn%é'ﬁr 8%{ dgse to

t he va an so r t € nee I on sune
f unct |mahe1ﬁair Whiile t:cﬁhpled;aly firkiRessfial warthe tmglslnﬂrunt haadtdaet, theaorkationhe

C err]. conponent_ in t.h ft ut s shoul d decrease, and then
desi griS Mgk r|e}'yeﬁ“é:ﬁ%‘?#‘§le"§/\ﬁ? FF%S%W%B‘% rat e of decrease. These matrix
el ements siPgy thakiphtFre geadeii theonhtak e‘lélﬁehﬁ@éfd miﬁld?ﬂ b 'the rear

copponents, and should have the current shape at the |eft to center

boRindzAlgmenss givan iy theyd 98P gmteltlb%@ﬁ?éﬁ)%anm afeye implemented in the

version 1.11 decoder.

The left front quadrant problems can be seen in FIG. 30 which shows the
square root of the sum of the squares of LRL and LRR, using the matrix elements
implemented in decoder version 1.11 as given above. Note that in the front left

10 quadrant, there is a 3dB dip along the line from the middle to the left vertex and
a nearly 3dB boost in the level along the boundary between left and center. The
mountain range in the rear quadrant will be discussed later. This drawing
includes the “T'V matrix” dip of 3dB in the middle of the plane, which is hard to
see in this projection. '

15 -~ First we consider the dip in the sum of the squares along the ¢s=0 axis.
This dip exists because of the use of G(Ir) in LRR. This choice was entirely
arbitrary — although it makes implementation in analog circuitry easy. Ideally,
we would like to have a function GR(/r) in this equation, and choose GS(Ir) and
GR(lr) in such a way as to keep the sum of the squares of LRL and LRR constant

20 along the ¢s=0 axis, and keep the output zero along the boundary between left and
center. This can be done. We would also like to be sure the matrix elements are
identical to the matrix elements in the right front quadrant along the [r=0 axis.

Thus we assume that:

LRL = cos(es) — GS(lr) S ' ...(154)
25 LRR = —sin(cs) - GR(r) - ...(155)
We want the sum of the squares to be one along the ¢s=0 axis, so
(1-GSUrnr2 + (GRUIrN"2 =1 ' ...(156)
and the output should be zero to a steered signal, or as ¢t varies from zero to 45
degrees,
30 LRL*cos(t) + LRR*sin(t) = 0 | ..(157)
These two equations result in a messy quadratic equation for GR and GS,
S
as,];:.eenReplaced
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- W& assune.wbabi2386L = GP(cs) . . PCT/US98/18390
... (28a) LFR = GF(cs)
(28b) CL = 0.42*(1 - ¢lr) + GC(cs)

(28c) CR = 0.42 + GC(cs) - L
(28d) Power fromthe front left and right can then be conputed as foll ows:
PLR = [err] ... (29a) Power fromthe center is: PC = [err]

. (29%hiflewan be golvelenim@ericddpends on the matrix el ements we use. W
wi |l assune the rear channels are attenuated by 3dB during forward

steering, andlEWER ows thesnumensal sofutien for ((and GRJar gonstagitepower

speaker > bl ( * , AN St S rr

0. 71* Cfee‘}r:)r] ; ; ;%gfrl rg]cz. 6%?%9%@ F?r%ﬁ%%tuan%ﬂghté{eﬁﬁﬁrﬁﬁryp %i er %]l)eﬁé{r}s for

two speatmtex, PREAR = 0.5*C[err]*((cos(cs)-sin(cs))2) + L [err]

'[ err Zid?DRER@sEeOSP bSO g rGf{ra%rgl%v!mtrgg _ slﬁeaal(a%rgg ilmsprglfreRmJénltD;Calgr_lg %@%"’&E e_

ratio obx{d,eisrintendu@r Hewbiar the prak if gid bumPoMeie sguareBSABAB thkerr] =

Rl err] gATIpS = %egGP(ci)-GF( s))[err] + 2 * (GC(cs)[err] +0.5.

( cos( csPOYRHAEY en leftang center mepgins( do) 2 prapticalalgsign ibig probably not

G(cs) [ &ty itpbrtant-{PEdthpensdtd @) ¢RI LPoF! BLE e can attempt to do so with the
following strategy. We will divide both matrix elements by a factor which depends

10  on a new combined variable based on [r and cs. Call the new variable xymin. ( In

practice the divide can be replaced by a multiply by the inverse of the factor

described below.) A procedure for defining xymin (in Matlab notation) is:

+

% find the minimum of x or y
Xymin = X;
15 if (xymin > y)
Xymin = y;
end
if (xymin > 23)
Xymin = 23;
20 end .
Note that xymin varies from zero to 22.5 degrees. If we multiply it by four,
it will vary from zero to 90 degrees, and can be used below.

In the front left quadrant
LRL = (cos(cs) — GSUr)/(1+.29*sin(4*xymin)) : ...(158)
25 LRR = (-sin(cs) - GRUN)(1+.29*sin(4*xymin)) ...(159)
In the front right quadrant,
LRL = cos(cs) . . ...(160)
LRR = -sin(cs) ...(161)

As explained in the previous paper, these elements are additionally
30  multiplied by the “T'V matrix” correction, which reduces the amplitude when the

steering is near the middle of the plane. We will call the correction for TV matrix
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- [err] &gg,%sfor normal ster-eo, GC=0, GP= 1 and GF= 0.pd8sizARIR" to LR
power ratv?,o - 60- Is then: RATIO = [err]*0.5

.(32) If this ratiois to be constant regardl ess of the val ue of [err]
for our active matrix, then ((GP(cs)-G-(cs))[err] + 2*(CGC(cs)[err] + -
0.5*(cos(cs)-sin(cs))2) = ((GP(cs)[err] + &C(cs)[err] + G-(cs)[err] + 0.5)
: (33) The equation above can be solved nunerically. If we assune the GC

aheve b.ag B Bl + | Z‘Qg I 26
t he so gﬁcur |s )thevgglg@[w éfw @%eﬁ‘gn&i&a%t‘”%%%‘? %%bsfﬁvength
t he neﬁ@ 5rdmreés aadtl'aghartenuatlon GC. The dashed curve is the LFR el enent

of March S C The dot curve sin(cs LF ment

wi t hout t hgﬁ%r ?g%ﬁoﬁﬁ s %ﬂ%reﬁoogﬂt?ﬂe tHAt © egq Efé)dﬂ%ﬁie%gﬁ}?

r eac hegsiag theoi®ealasdfdr@R and GRs This factet ¥hoWe dinie FIGUBD A8 apFaldy Ce
IS best to limt the valﬁoof cs at abput 33 degrees. In practice LFR

deBi v eEPIPER PRESED SHOTIRE tg thah srreRs 17 Jhe vatley reatechby $hapd o t he

LFR meffitzelcermition! PRE shite of the sQuidssis donet) bR ﬁﬁascﬁatﬁ{ gZero to

center. We need a nethod of bl endi th| S aV| or to at o the previ ous
LFR el enent In the presandtinyenpions éhs/e Vamahgﬁ errieotion dras lhmmnmdlﬁed to and

cent erdeﬁe%d'\gﬂy 8% thé Wb vAIGe 2 Fhier/ b RIAG:A" PRI Gil BhSse the

surface above to remain at .71 along the Ir=0 axis in the front. In this case the
10 correction for TV matrix becomes tvcorr(|ir]). Tvcorr(|lr|)is -3dB at zero, and 1
when the argument is 22.5 degrees and higher.

The rear matrix elements during rear steering were previously discussed
with reference to FIGs. 14-16. The rear matrix elements given in the 1991 patent
(5,136,650) were not appropriate to a 5 channe! decoder, and were modified

15  heuristically in Lexicon’s CP-3 product. The July 1996 patent application
(08/684,948) used a mathematical method to derive these elements along the
boundary of the left rear quadrant. As described in the previous paper this
procedure resulted in discontinuities along the Ir=0 axis, and along the ¢s=0 axis.
In the decoder version 1.11 these discontinuities were repaired (mostly) by

20  additional corrections to the matrix elements, which preserved their behavior
along the steering boundaries. The software error in the LRR element was shown
earlier in this application, as was the small discontinuity along the es=0 boundary
for the LRL element (see FIGs. 14, 15).

For the new elements described here these errors have been corrected, first

25 by using an interpolation along the ¢s=0 boundary for LRL, where the value is
made to match the value of GS(Ir) when c¢s is zero, and smoothly rises to the value
given by the previous math as cs increases negatively toward the rear. In the new -
software, LRR interpolates along the c¢s=0 axis to GR(Ir). In the decoder version
1.11 LRR interpolated to G(Ir).

30 We will first consider the Left Rear Left and Left Rear Right matrix
elements when the steering is neutral or anywhere between full right and right

-
-70- . eet Has Been Replaced

"

SUBSTITUTE SHEET (RULE 26)



+ Wwhen Cs <.WD.g%/1e88grees is to define a difference function betawesss@sssend
sin(cs). We then limt this function in various ways. .In Matlab notation:

- gf.diff = sin(cs) - gf(cs): for cs = 0:45; if (gf diff(cs) > sin(cs)). _
gfdiff(cs) = sin(cs); -61- end if (gf_diff(cs) < 0) gf _diff(cs) = 0: "end
end % find the bounded c/s if(y< 24) bcs = y-(x-1); if (bcs < 1) %this
limts the maxi num val ue bcs = 1; end else bcs = 47-y-(x-1); if (bcs <1) %

46) bcsrearl; THA6'is, Ir can vary from 0 to —45 degrees, and cs can vary from 0 to —22.5
degrees. _
Under these conditions the steered ¢component of the input should be
removed from the left outputs - there should be no output from the rear left
5 channel when the steering is toward the right or right rear.
The matrix elements given in the 1991 patent (5,136,650) achieve this goal.
They are essentially the same as the rear matrix elements in the 4 channel
decoder, with the addition of the sin(es)+ cos(cs) correction for the unsteered
loudness. When this is done the matrix elements are simple. We will define two
10  new functions which are simply equal to sin and cosine of ¢s over this range.
LRL = cos(-cs) = sri(-cs) ...(162)
LRR = sin(-cs) = sric(-cs) _ ...(163)
To complete LRL and LRR over the range of ¢s = 0 to -22.5 we must add a
gain reduction for the “T'V matrix” mode. Once again in the “T'V matrix” mode we
15  desire 3dB less output when steering is neutral, but rising to the value in the
“Logic 7” decoder version when the steering is more than 22.5 degrees to the rear.
Performance is somewhat improved by making this reduction sensitive to the sum
of |Ir| and |cs|. This is achieved in the current design by reducing both the RRR
and RRL elements by 3dB when the sum is zero, and raising them back to their
20  original values as the sum goes to 22.5 degrees. Once again, the slope of this gain
change is relatively arbitrary, as long as both RRR and RRL are altered in the
same way. We will call the correction for TV Matrix tveorr(|lr|+|cs]).
Tveorr(}ir|+|cs|)is —3dB at zero, and 1 when the argument is 22.5 degrees and
higher. .
25 LRL = cos(~csy*tveorr(|Ir|+|cs|) = sri(-es)*tveorr(|Ir|+|cs]) ...(164)
LRR = sin(-cs)*tveorr(|Ir | +|es|) = sric(~cs)*tveorr(|Ir|+|es|) ...(165)
Notice that we have defined a new function sric(x) which is equal to sin(x)
over the range of 0 to 22.5 degrees, and sri(x) which is equal to cos(x). We will use
these functions again in defining the Left Rear matrix elements during Left

30 steering.

Now consider the same matrix elements as ¢s becomes greater than -22.5
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-end end B@essAgs €l ement can now be weitten in Mat | ab not a?é%'sgg%sggbi S neat
trick does an interpolation to the boundary % the cost, course, is a

divide!''! if (y <23) %this is the easy way for half t he reglon

| fr3d(47-x, 47-y) = -sintbl(y)+gf diff(bcs); else tnp = Co-.
((47-y-x)1(47-y))*gf diff(y); [fr3d(47-x,47-y) = -sin tbl(y)+tnp; end -62-
Note that the sign of gf diff is positive in the equation above. Thus ¢f

diff l.S Il > e ' f t ot

zlero g? neee theQ?n &‘?1{1&? { wﬁééﬁg Eg%?%ﬁggbhiae%@@ %ﬁéﬁﬁ%nﬁlﬁgﬁe r_]27, onote

t hat abplmalhuns lpsemuslyl citedyeLRLdHomld rigehts gieane nfore oteeehingingedandnai ns
t ~30 d 0 Th I th

ol 1 L Shatfidarrepnt Y a8t oSempls JErabRg ToHU! BBifdary Tromeft to

cent e(reaﬂggnb@@ﬂlgtgms h@ggﬁﬂé)er 24. Panning error in the center out put As

It turns out, the new center functjon, if we wite it this way =
0.52% (1 - é(RIPF) (cpsE@bhes) + rboost(-cs)) = (sri(-cs) + rboost(-cs)) (34a) (166)

LRR = sin(45+cs) = snc( cs) - ...(167)

The Left Rear matrix elements during right steering are now complete.
The behavior of the Left Rear Left and Left Rear Right elements is much
more complex. The Left Rear Left element must quickly rise from zero to near
10 maximum as /r decreases from 45 to 22.5 or to zero.. The matrix elements given in
the amended application of November 1996 perform this, but as we showed
earlier, there are problems with continuity at the ¢s = 0 boundary (see FIG. 15.)
For the decoder version 1.11 a solution was found which uses functions of
one variable and several conditionals. In Griesinger’s AES paper and the patent
15 applications cited previously the problem at the ¢s = 0 boundary arises because on
the forward side of the boundary the LRL matrix element is given by GS(Ir). On
the rear side the function given by the AES paper has the same end points, but is
different between them.
The mathematical method in the AES paper provides the following
20 equations for the Left Rear matrix elements over the range 22.5 < Ir < 45:
(remember that ¢t = 45-Ir)
LRL = cos(45-{rY*sin(4*(45-Ir))-sin(45~(r)*cos(4%(45-1r))

= sra(lr) ...(168)
LRR = —(sin(45-Ir)*sin(4*(45-Ir))+cos(45-Ir).*cos(4*(45-(r)))
25 = —srac(lr) ...(169)

If cs <= 22.5, Ir can still vary from 0 to 45. The AES paper defines LRL and
LRR when Ir has the range 0 < Ir < 22.5, as shown in Figure 6 in the AES paper.

LRL = cos(lr) = sra(lr) ...(170)
LRR = -sin(lr) = -srac(ir) .(171)
30 The two functions sra(x) and srac(x) are defined for 0 < Ir < 45.

In the version 1.11 decoder the following technique is used to fix the
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CR = 0. 42. wolg(te386 . (BZhypsesast® wel |
~along the Ir = 0 axis, but causes a pannlng error al ong the boundary
between left and center, and between right and center. The values in
reference [1] of 1996 (mhlch were never inplenentéd) give a snooth funciion
of cos(2*cs) along the left boundary. These val ues create snmooth panning
between left and center. W would |ike our new center function to have

sini | ar disdomtimiitylaengss theschOubsandaryVes 3he PHES ﬁéﬁ? rﬁe%Qtdso-O TR Eﬁd
matri x el nt that wl] do therg(ib by. addi ng an addi ti onal f uhcti on

xymn (i e tioms: of & e waxiahe. T0 Bx (therlack of coxrbmmtmlmgoth@z

- 0.42*GLL QE&Q |
GC(cs) %cg)r?toglrn fl %ﬁd?eéltf&ﬁ tibnf o 8 @&ﬁ%S@lE‘é H{S%?d% a%}fegﬁe%g?ﬁﬁblf 18
t hr ee- dilrdhminsied, themoeumiedadlf nenée btv@n frasnd cs- @he definitéorf thidhi | e
t I n FI
cor oot amiate b SnRRnGR G PRt R g has Wb rhesert b hoeudosn AT KB N <
fairly gomath. In FIG 29, which is a graph of the left front (dotted curve)

and center ( oI|d C rve) outputs, note that center steering is at the |eft
of the plot, Sl ed Fare gs5 %fipddhe; gffpremw the "nusic" strategy we

currently |Irﬁ'l'(h.tB Nabd &9 25 o ;,,lq))y@ﬁlg c33 degrees, (about 13 on the axis
as | abel ed) wher& the centéer is a
Ir_bounded = 0;
10 if (45-|cs| < Ir_bounded) % use the smaller of the two values
Ir_bounded = 45-cs;

We define a new function which is equal to the difference between the

previous equations when ¢s=0. This is rear_active_correct(Ir_bounded).

For 0 <x< 45

15 Rear_active_correct(x) = sra(x)—(1-GSL(x)) ..(172)

LRL = (sri(cs)+sra(lr)-rear_active_correct(lr_bounded)-1)

*tveorr(|Ir|+|es|) ...(173) The
important point about this method is that it works when Ir < 22.5, but it does not
work when Ir is larger. A better technique, which was not used in the version

20  1.11 decoder, is the interpolation technique which is used for LRR.

The version 1.11 decoder’s LRR coefficient uses a better technique. Here
there are two discontinuities. Along the ¢s=0 boundary LRR in the rear must
match the LRR for the forward direction, which shows LRR = -G(Ir) along the
¢s=0 boundary.

25 The choice used in the version 1.11 of “logic- 7" decoder — although
somewhat computationally intensive — is to employ an interpolation based on the
value of cs over the range of 0 to 15 degrees. In other words, when cs is zero we
employ G(Ir) to find LRR. As cs increases to 15 degrees we interpolate to the
value of srac(lr).

30 There is also the possibility of a discontinuity along the Ir=0 axis. We can
solve this by adding a term to LRR which is found by using ¢s_bounded. The term
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6dB st oRgSon ?3% gn the left. 25. Technical details of the g Gg/%gﬁfns}- re are

two maj or goal's of the Logic 7 encoder. Firstly, it should be able to
encode a 5.1 channel tape in a way that allows the encoded version to be
decoded by a Logic 71 decoder with m nimal subjective chanhge. Secondry, the
encoded out put should be stereo conpatible - that is, it should sound as
close as possible to a nanual two channel mx of the same material. One

encoadt sk SRR il eleh PP Kyt Cooilosk Befp e o0 e

per cei ved IFlmiﬂws&]éiﬁne eadbouadedd source in an original 5 channel mx. The
apparent position of the sound source in stereo should also be as close as
possi bl e t&S{-h‘E’ r‘elﬁt Gosition in the 5 channel original. In discussions

with the '“St'ifl(ke?Ho%d%ﬂ%ﬁ%%ﬁﬁﬁﬁi’ﬁéﬂﬂ@xﬁdﬁﬁiuﬂa%%@'Ch it becane
azgarent that the goal of stereo compatibility of the stereo signal as

cri bed abovecthonodege=ft by a passive encoder. A five channel
recordi ng wher |1 channel s have equal foreground inportance nust be
encoded as descCribed above. This encoding requires that surround channels
be m xed into ifd5oprput cofboundedn@odes the smadleraofivdye taso rhkiesnergy is - 64-
preserved. That t he .t ot energy t he output of the encoder shoul d be
t he sane, regar&?—i’é’é‘néiledmﬁl I|'>nput is being driven. This constant energy
setting will bgpgecessary for nost filmsources and for five channel nusic

sources where
10 fores=0to 15

LRR = (-(srac(lr) + (srac(Ir)-G(lr))*(15-cs)/15)
+sric(cs_bounded))*tvcorr( | Ir |+ | cs});
for cs = 15 to 22.5
LRR = (-srac(lr) + sric(cs_bounded))*tvcorr(|lr|+|cs|);
15 In the decoder according to the present invention LRL is computed with
interpolation, just as for LRR:
forcs =0to 15
LRL = ((sra(lr) + (sra(lr)-GSUr))*(15-cs)/15)
+ sri(-cs))*tveorr(|Ir|+|cs|);
20 for cs = 15 to 22.5
LRL = (sra(Ir) + sri(-cs))y*tveorr(|lr|+|cs]);
As the steering goes from left rear to full rear the elements follow the ones
given in the AES paper, with the addition of the corrections for rear loudness.
For cs > 22.5, Ir < 22.5
25 LRL = (sra(lr) + sri(cs) + rboost(cs)) ..(174)
LRR = -srac(lr) + sric(cs_bounded) ' ...(175)
This completes the LRL. and LRR matrix elements during left steering.
The values for right steering can be found by swapping left and right in the
definitions.
30 - The next improvements to discuss is the implementation of the Center
matrix elements in the present invention.
-
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i nst runentwolgN238heen assi gned equal ly to-all 5-1oudspeaker PCTASIBA8RIN such
musi ¢ sources are not conmon at the present tinme, it is the author's
opinion that they will beconme common in the future. Misic recordings where
the foreground instrunents are placed in the front three channels, with~
primarily reverberation in the rear channels, require a different encodi ng.
After a series of tests (at the IRT and el sewhere) it was determ ned that

- musi ¢ recor dlhgscenftet mstriy plements isutleedeéoder wezsionded 1i have sigoeo

conpati Qlg form when the surround channel s r L xed with 3dB_ | esg power
han« neErRBEoR A he contpt Stolfertisapotna kst fofd Rabortcapaication addis 401 or
sur r oungafeioshd DdlBy RrOREgichdve iR FIRMAREINaRAE dibSentdat ot her surround
| evel s cam be used for special purposes. The new encoder contains active
circui ts whi élerdeericstesringhg signals in the surround channel s. Wen such
sigral s are casy Qnagdqke es t he encoder uses full surround el . If
theggurround@l:]'ﬁﬁu 3gir1ex}c(g‘{1)si§%%tly -6dB or |ess conpared to th‘ékﬁ()ont
channel s, th€Rw taurd*§Hcs) i s gradually | owered 3dB, to correspgn@7to the
Eur opean stagidard. These active circuits were also present in the encoder
in applicati QY NG $4PSABE460. However tests with the earlier encoder at
the Institut@lfesriBr@agcast Technique (IRT) in Minich | found tbfﬂfl78)
direction of some sound sources encoded incorrectly. A new architecture was
devel oped t o &=t these probl ens. The new encoder is clearly sugd7®br in

It erf or maRrg ] ' Lff) cul rial . ,The. grigi.na
en(s‘:lodéer was gﬁ@g?g%%gf% ?&%%%%%pgé%?\%@éﬁ}ég&fﬁ B&ﬁ%aﬁ%\jﬁfgﬁﬁ%’&e J ﬁe al so
wor k i nvalysssefl G amd &R Hat right-#Bering can be found by swapping CL and CR.

FIG. 83 shows the Center Left (CL) matrix element of the four channel and

Dolby Pro-Logic decoder plotted in three dimensions. This is also the graph of the
Center Right matrix element if we swap left and right. The middle of the graph,
15  and the right and rear vertices have the value 1. The center vertex has the value
1.41. In practice this element is scaled so the maximum value is one.
In the July 1996 patent application these elements are replaced by sines
and cosines:

For front steering

20 CL = cos(45-Ir)*sin(2%(45-{r))-sin(45-Lr)¥cos(2%(45-Ir)) + .41*G(cs)
...(180)

CR = sin(45-Ir)*sin(2*(45-1r))+cos(45-{r)*cos(2*(45-Ir))+ .41*G{cs)
...(181)

These equations were never implemented. The version 1.11 implementation
25  is based on the steering in the 1989 patent, but with a different scaling, and a
different function of c¢s. We found that it was important to reduce the unsteered
level of the center output, and a value 4.5dB less than the Pro-Logic level was
chosen. The boost function (.41*G(cs)) was changed to increase the value of the
matrix elements back to the Pro-Logic value as ¢s increases toward center. The
30  boost function in the version 1.11 decoder was chosen relatively arbitrarily.

In version 1.11 the new boost function of ¢s starts at zero as before, and
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“primarilyodeheisged to work as an acti-ve encoder. The acti pergiss@isssée Yy
corrects several small errors inherent in the design. However even w thout
the active correction the perfornmance is better than the previous encoder.
Wth extensive listening several other small problens with the first =
encoder were discovered. Many (but not all) of these problens have been
addressed in the new encoder. For exanple, when stereo signals are applied

to botfid %%ﬁ{é&% &dh Lhfay 88CL el OR' ﬁlc%aéefwsascgéi@& gBbs m%%ﬁ@w i ne,

the resulting encoder output is biased too far to the front. The new

encod@2. &dnmatksvemmm Bi kL tie inerepse inaconstant number of di ﬁpy eadhgdB| v
Li kew

sur r ook ineiasd i sy HRE chlort BEch Brihidd LivpBERACRY LRI RRKERD' © 1)
i npr g\d@@r@es f}teenfehfmg?am@ts gmepammhebeﬂcm]oa;cdﬁsm gbhﬁcolaﬂmtmt Httéus heTh
enoer SO 1 nten e, W a Sstapaoar

et the shessag v chalk franty 18T S goeracdl Pt Relranatid elSBRaRATe | uput
t 0t h%q%]a@ %'%e%iélﬂ?&l' Valuesl%f thé%w xﬁmﬁt biePénts26As Em@ sPdtHn P '&oﬂﬁnﬁl@@

desi gn e new encoder hand left, center, and right signals
i dent itoanpye ferwans, ;the\nemgnde&negoidamatm&mm@ats beqom gauabl by encoder,

provi di ng t@g%ﬁgﬁéﬁr fa#ﬁee td.%ﬂa{,ﬂ@f} cg{he d_{EﬁIlee(i Lﬁﬁbntt%e élou}tg)ht 3dB.

The surroun m)re conp an they are. nctions

f C( ) afherh Stderihg &0 tneiteals but eived tohthendt sradié ndient tha sttringnid fully 80
ﬁ(gree phase shift relative to the front channels, or to a path wth no

P i$¥0€-n t he basi c operation of the encoder fc is one, and flerr] is

zero - thatri@., 393h¥ws the Center Left matrix element in the Logic 7 decoder
version 1.11. Note that, relative to the plot of FIG. 33, the middle value and the
right and rear vertices have been reduced by 4.5dB. As cs increases the center
rises to the value of 1.41 in two slopes.

15 The solution for the center used in version 1.11 is not optimal.
Considerable experience with the decoder in practice has shown that the center
portion of popular music recordings, and the dialog in some films can tend to get
lost when you switch between stereo (two channel) reproduction, and reproduction
through the matrix. In addition, as the center channel changes in level a listener

20  who is not equidistant from the front speakers can notice the apparent position of
a center voice moving. This problem was extensively analyzed in developing the
new matrix presented here. As we will see later, there is also a problem when a
signal pans from left to center or from right to center along the boundary. The

~ value above gives too low an output from the center speaker when the pan is half-

25 way between.

We now consider the center channel in the new design.

The center channel output must be derived from the A and B inputs to the
decoder. While it is possible to remove either the A or the B input from the center
channel output using matrix techniques, any time the steering is not biased either

30 left or right, the center channel must reproduce the sum of the A and B inputs

with some gain factor, either a boost or a cut. How loud should it be?
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- the path vwiooeieasés t he 90 degree phase shifts is active. - G8T/USSNEE0val ue
~crx is typically 0.38. It controls the anmount of negative cross feed for

- each surround channel As in the previous encoder, when there is only an_

i nput to one of the surround channels the A and B outputs have an anplitude
ratio of -.38/.91, which results in a steeringangle of 22.5 degrees to the

rear. As usual, the total power in the two output channels is unity - that

i's the sum ofThdanswearsthis quéstien depdBds Dnote: bluvier bf‘@h@lléﬂbﬁncphg'}ﬂ‘.' S
encoder is, rel at'Ve|1¥'hS' npl e when only one channel is driven, it becorres

pr obl emERAR QRERMSot %mafwﬁaalwgessn&ewbqwf%LFH@%@H‘R.% designad
drive ”%ﬁ ﬂeﬁﬁﬁ)&dtﬁé‘ ridd od@ntt*hf{th%l g $19:51§' S(fg’lc gtoﬁﬁ) Lgence in
es a ase e

film, e5|gn s at the summ ng tot al
| evel i fosward. on@ancﬁiméhat if tt%maputgsignal ha@%eef[harmodad p"utwalsd wath

t by th f 1. Actjve cirqguitr |5|nluded|n
The B9 Sme Rt o o mbxdra mugh o £ it EidthpoRirdly b Faain SfemSRiten "t he
two sur vl aboasithe 1088 efériehéd of U.5ePaterd MoPABB2, 5EROHEIuEY 1996 DAL
when t he tvvo surround channels are simlar in |level and out of phase. In

this cafPhiatiopelsmensathe¥ersen dril sepedercelemantshand thacnaw @@teput s have
equal arH?:lcbf'd:lﬂ 2 ?ge;s%nt ‘iﬁ@eﬁtlbx]?y ﬁq plgéel ?i'ﬁsto(}é th@ n%a? S§§v| ous

decode as ter tion signha 'S erro
encoder ’Haswgrslpnobl il..llz @lleraantmévidbr the blvghhboa_mdhentchas mpmnthamiy 2208 ch

IS igasoaqgglrgsmlra th% Oémaf"%gﬂ%a l e .t hat signals applied to the rear input
However, if the input to the decoder consists of uncorrelated left and right
channels to which an unrelated center channel has been added:
A =Lin + .71*Cin ...(182)
B = Rin + .71*Cin _ ...(183)
15  then as the level of Cin increases relative to Lin and Rin, the C component of the
L and R front outputs of the decoder is not completely eliminated uniess Cin is
large compared to Lin and Rin. In general there is a bit of Cin left in the L and R
front outputs. What does a listener hear?
There are two ways of calculating what a listener hears. If a listener is
20  exactly equidistant from the Left, Right, and Center speakers they will hear the
sum of the sound pressures from each speaker. This is equivalent to summing the
three front outputs. Under these conditions it is easy to show that any reduction
of the center component of the left and right speakers will result in a net loss of
sound pressure from the center component, regardless of the amplitude of the
25  center speaker. This is because the center speaker signal is always derived from
the sum of the A and B inputs, and as its amplitude is raised the amplitude of the
Lin and Rin signals must rise along with the amplitude of the Cin signal.
However if the listener is not equidistant from each speaker, the listener is
much more likely to hear the sum of the sound power from each speaker, which is

30  equivalent to the sum of the squares of the three front outputs. In fact, extensive

—————
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‘terni nal g osd&wz gl result in a center oriented signal. Thuspaghiskgssbdcuitry
I ch

i's supplie I ncreases the value offs when the two rear channels are
simlar in level and anti phase. The result of mxing both the real path and
t he phase shifted path for the rear channels is a 90 degrée phase °~ -- :
di fference between the output channels A and B. This results in an

unst eered signal, which is what we -67- want. As previ ously ment i oned |
di sco C n_Muni chat t |s a European
stand\a/llf% g{ﬁ%’%ﬁ%%hgﬁ%o cgtué‘%ggﬂ% Qﬁpweﬁtogﬁﬁatfh@ eﬁ\b surround

channedctublly 3eEat fsminpdlctant,fmvwerrhust bmﬁd@nth@ sannef the E’I@u&*dshﬁ‘ dlbfther ear
channel s at% ugt ed,and added to the left front channel. This encoder has
many TR A gﬁ% eGPAST- encodi ng mul ti channel film sound, or recordings

whi ch have HRE Wit td‘ééélg'ﬂﬁ;hb%nhﬂﬁ k6 thH fxfa%”&” M%hﬁudgg)bh Uu*ﬂ g&h?ud ness

and the direction of theseé instruments wl be i ncorréctly encode Fowever
t hbs erndfan av@rmsemadewmal swmhlng&em@euaﬁtempsmpmdmm@m madrigur r ound

chosorr BRo8iefoa B il YELBE of the Tin (ool AR e helf bubfiehiter |
deci dersé Imatexautr pm';mmmn tohthd nbdul:tiomdm ithissuBdBowdrefroat tlomlefbandahighti caI
the r cPPIV TEd ST BRICHRR Tt Bik ToT-HHERLS AR Aktionel SmBLCHiSRas hah | ne
enc Sggﬁhe RABHATiFh ElonebutbutdBavel s 16Vl ook de@itud AsRd ThaMENS is to
10  cause the center to need to be somewhat louder to keep the ratios constant. We
can write this requirement as a set of equations for the sound power. These
equations can be solved for the gain function we need for the center speaker.
We previously gave graphs showing the energy relations for a Dolby Pro-
Logic decoder under various conditions. The Pro-Logic decoder is not optimal. We
15  can do the same for our new decoder.
In FIG. 35, the solid curve shows the center attenuation needed for the new
LFL and LFR if the energy of the center component of the input signal is to be
preserved in the front three channels as steering increases toward the front. The
dotted curve shows the center values for a standard decoder.
20 - As can be seen in the solid curve, the needed rise in the level of the center
channel is quite steep — the rise is many dB of amplitude per dB of steering
value. This steep change in amplitude is audible in practice. Also, although the
relative balance of the center channel information in a popular recording is well
preserved, if one is standing close to the center speaker the sudden changes in
25 level can be annoying. Furthermore the loudness of the center channel is extreme.
We tested this curve and found the center balance to be excellent, but the front
sound stage was dominated by the center loudspeaker, and left-right separation
was minimal.
There is a better solution. The center attenuation shown in figure 35 is

380 derived assuming the matrix elements previously given for LFL and LFR. What if

-
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- the | evel yobowimssur round channels in the out put m X by 3dBroinaIs9s/i8390

- surround channels are nmuch softer than the front channels. G rcwtry S

* provided to conpare the front and rear |evels, and when the rear is |ess by
3dB, the value of fc is reduced to a maxi num of 3dB. The maxi mum -

attenuation is reached when the rear channels are 8dB | ess strong than the

front channels. This active circuit appears to work well. It nmakes the new

encoder weoigsdl diff@ent lelernbatd?uSHReHLatly2 Adak 8 RBESSe hebrédsRmSab&ht MUSi C.
The action of tg1 active circuits causes instrunments which are intended to
&

be stroFRPIPHNEES genter ropmrMmentdrom theleft angimght front|cutputs?. 68- There

th f und
channel . Thonsten®le SEsts Mok hat R LG 7 HpBAIARnlchel Sop IRl P O
i nput asggessive aludmtr yerdeviagt ’Ghet beriter lvoppansnti Nesustizalysihere 4 nomdezlv el
d hese ndition fc s d C to er and fs is
?Ecﬁeas&aaattsﬁ“?ynﬁ do s I{eﬁé]fgé’aTmBIB‘é‘? x Eggn’f H‘Z"tsltt BVED fﬁ'gcqr@em ts

in a nolgndepeakee. dewadingt bridveshiy BAcRly R¢bméd fRd¢hb A6ftt AN P r{GhRE
i s probably not esseiwclal but it _seenms an el egant refinenment. There iIs an

addi t i ofBeakens, aadcthecsqundfipld is simpler. JEhe baek 18 & @@b@&ywbalm@dbetween
Level d el er
channel ChoGebfdt FUEHIA Tho 90K dd HURCRIBARAEE Wild BF Bl ol i B BRARE
use fi vepedlpemel s m x t he vocal s |nto aII three front channel s When there
;i S:It\r/cemg o?g %%Late”u?e' l)ptt,lrl}{a sys Utlosy ﬁ?s?t c{]o%%gneé aogueth er fM nctlo af\ér the

increase of level in the center output as cs increases along the Ir=0 axis. We can

then solve for the decrease in level needed in the left and right front outputs to
keep the power of the Cin component in the soundfield in the room constant.
Let us assume that the center channel is reduced in level by 4.5 dB below

15  the level in Griesinger’s 1989 decoder (4,862,502), or —7.5dB total attenuation.
This is a factor of 0.42.

For front steering,

CL = .42 - 42*G(lr) + GC(cs) ...(184)

CR = .42 + GC(cs) ...(185)
20 For rear steering, _

CL = .42 - 42*G(r) _ ...(186)

CR = 42 (187)

Several functions were tried for GC(cs). The one given below is specified in
terms of the angle cs in degrees, and was obtained by some trial and error.
25 In MATLAB notation:

cenfer_max = .65;
center_rate = .75;
center_max2 = 1;
center_rate2 = .3;

30 center_rate3 = .1;
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power, Siyirddnkig three front channels will add together iBcphas@igshen this
occurs, active circuits increase the attenuation in the center channel by

3dB to restore the power balance in the encoder output. To sumrari ze:
Active circuits are provided to 1. Reduce the | evel of the surround-
channel s by 2.2dB when the two channels are in phase 2. Increase the real
coefficient mxing path for the rear channels sufficiently to create an
unst eered g @% @ when the two rear channels are out of phase. 3.

Decr ease the evel “of the surround channels by up to 3dB when the surround
| evel is rruclgc((ss-i)Hw&ﬁ*w'é(dbr"‘oemtek'emtbﬁzon; - I'ncrease the | evel and
negative pha e of tfeewﬁ channel s when their level is simlar to the
front channelgn 5 8¢ € the surround channel m x use real coefficients
when a sourgglsgﬁtqwe 3©9- is panning froma front input to the
correspondin nput ncrease the level of the center channel in the
en odelro Wnengt%FgC%i'éﬁt-gFmPe%A((%éll*ﬁénWé'v@ ted{20he front and surround

i nputs are ap I &%QI crease the level of the center channel in
t he encoder \Aﬁgggdé%@rgecl s a~ cg%imn signal in all three front inputs.

Fut ure i nprovenege(es+b + kentewcowy;, are likely to include a feature simlar
to feature 2 aboye for the front channels. In the current encoder when the

two front chan s are out of phase the encoding will cause the decoder to
else :
10 . ge(es+1) = center_max*10/((cs-29)*center_rate2/(20)),

if (gc(es+1) > center_max2)
geles+1) = center_max?Z2;
end
N end :
15 This function is plotted in FIG. 36 as the solid curve.
We can solve for the needed function for LFR if we assume functions for
LFL, LRL, and LRR. We want to solve for the rate that the Cin component in the
left and right outputs should decrease, and then design matrix elements which
provide this rate of decrease. These matrix elements should also provide some
20  boost of the Lin and Rin components, and should have the current shape at the
left to center boundary, as well as the right to center boundary.

We assume that:

LFL = GP(es) ' ...(188)
LFR = GF(cs) .-.(189)
25 CL = 42 - .42*G{lr) + GC(cs) ...(190)
CR = .42 + GC(cs) : : ..(191)

The power from the front left and right speakers is given by:
PLR = (GP*2+GF*2)*(Lin*2+Rin"2) + (GP-GF)*2*Cin"2
...(192)

30 . Power from the center speaker is:

_—
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pl ace t hewQOe3Bh the rear. We intend to detect this condi PEBUSEHE3Mhke
the resulting output unsteered. 27. Freguency dependent circuits in the
decoder FIG 2 shows a bl ock diagram of the frequency dependent circuits
that follow the matrix in a five channel version of the decoder. There are
three sections: a variable | ow pass filter, a variable shelf filter, and a
HRTF (Head Rel ated Transfer Function) filter. The HRTF filter changes its
char act eri st PCs=dafetd(lng "@rRiheé 2y al 26GON2¢t0mY2ar st eering vol.t.&8)c/ s The

first two filters change their characteristics.in response to a signak,that
s ntended POWeEFUSLHe THE SRAAKEGR deprRdt 0B isrraRaR Slpmends SYERE: Ve ne
decoder wgrdsinaHsfs e FRech SAndlE Gr¥ att@fifdd HyoBaBsduriipSobward! i s

cal |l ed the background control si %jnal. 28. The background control signal One

of the atgesingyandthat LRL e ansL bB& 19 sinfes) hdram @ sipglpepeaiiary therat e
a five chann ro +3 w( % i |2 ,r@%j iereo signal .
It i5s al so h?%[?%dég?ﬁa%‘%%@a@mﬁ?ﬁ d%gegﬁgﬁsgu@nﬁﬁ?ea gﬁagf I ve channel
- 70- surround recordi ng that was encoded into two .channel s by.(194%

encoder _gescri bed rt of this plication. These t | ications
Gifrer Hwerrsswage theb Lonsdamd Rinh Bre SBpeohimatelX eavalieth b Beakize.,
stereo i nput HEEARREOS*Cin Od*({do8(caRUiHlcH)PeRls LmAze in front of flhegs)
| i stener. The surround speakers shoul d contribute a pl easant sense of

envel opfhihet tokabipawser drare, albgpealkersiig PR tPAnv+dP REAR.ofuss t hensel ves. An
encopled surr gund (epR5qi BENRLELSCRBHEMAPUNRinA2)
+ ((GP — GF)"2 + 2*GCA2)*Cin*2 + PREAR
...(196)
The ratio of Cin power to Lin and Rin power is therefore (assuming equal
Lin”*2 and Rin"2): '
15 RATIO = (GP*2 + GF*2 + GC~2)*(Lin*2 + Rin"2) + ((GP-GF)"2
+ 2*GC~2)*Cin"2 + PREARYPREAR
= (((gplcs)—gficsH"2 + 2%geles)*2 +.5%(cos(cs)—sin(es N 2)*Cin 2/
2*(gples)™2 + geles)2 + gfles)*2) + 1) * Linn2
= (Cin"2/Lin”*2)*((gp(cs)-gfles )2 + 2%(geles)2) + .5*(cos(cs)
20 — sin(es)*2) / 2*(gp(es)™2 + getes)?2 + giles)™2) + 1) ...(197)
For normal stereo, GC = 0, GP = 1, and GF = 0. The center to LR power
ratio is then: _
RATIO = (Cin*2/Lin”~2)*0.5 _ ...(198)
If this ratio is to be constant regardless of the value of Cin*2/Lin~2 for the
25  active matrix, which is desirable, then:
((gples)-gfles)2 — 2*geles)M2) + .5*(cos(cs)—sin(es)2)
= (gp(es)2 + geles)*2 + gfles)?2) - .b) ...(199)
Equation (199) can be solved numerically. If we assume the GC value
above, and GP = LFL as before, then FIG. 36 shows the resulting values for GF in

30 the solid curve, sin(cs)*corrl (the previous LFR element) in the dashed curve, and
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-speakerswbgﬁﬁsyronger and nore aggressive. To play bot hpéppessngsoo nput
optimal |y without any adjustnent fromthe user it is necessary to

di scri m nate between a two channel recording and an encoded five channel
recordi ng. The background control signal is designed to nake this =~ -

di scrimnation. The background control signal (BCS) is simlar to and
derived fromthe rear steering signal cs. BCS represents the negative peak
val ue ol

cqual SR L otiha AH98, SRotdt B TpERblnting WiRe 1 erh Ml om0 T0
Howev dregi'dsm aadashenf 1rB€'Easasvshaxpky aln pratiece wal a:thmtarﬂy inttesise @F nmany

types,consists,of a serie 0 K Jnythe case of a
song, PE¥AR dm%ﬁmﬁﬁ Bé’f*@@éﬁ{‘? ﬁgb()f&uﬁge ﬁg?é@ %‘ﬁéraé“fgoﬁ 6%?%und
The bqqhg lcaHBEk BEMpletasdaniceDhtioh hﬂ‘fthb RehtdnEHdEndl iahedess fed rightes, or it
rrae% consi st of reverberation. The circuit_ that derives the, BCS signal

p

s msﬁpng@epmz |élse Gt muﬁé sapashlinternelate o VA PTeTEUS AR
o el evel of
evel difng the BoliBiRrlaNT aﬂ"ﬁévé)ﬁ ﬁ%%r{)vg%fel%r}s}acmg evel of cs

e va uring these n foreground peaks is
used to corGchwemEheiehape mf tEE:&FRfmaﬂm: akeneentahlong ﬁhledrgapwnsxa&\eaan not es

I s reverberation war,d Dbi ording
et CiBersaas S ek 4 henE B BRUPAdnflad FELIRAP LAR Dbl EO RS
rever RgnRkimRvighs NPR @l@fmﬁﬂanﬁLlS xﬂﬁsttﬂi@p@ése@véwlalaﬂg thebaoﬂﬂd@ﬁ!;ed with a
rearward bi'as. The reverberation |n ordi hary oﬁDofC anne

r 8@ or dhetwenn leftrand captare s vl Ra H’rﬁl Iaght 'E%C?Iéﬁert H §neth oing this
when cs < 22.5 degrees is to define a difference function between GF and sin(cs).

We then limit this function in various ways.
In Matlab notation,
gf_diff = sin(cs) — gf(cs);
15 for cs = 0:45;
“if (gf_diff{cs) > sin(cs))
gf_diff{cs) = sin(cs);
end
_ if (gf_diff{cs) < 0)
20 gf diff(cs) =0
end
end
% find the bounded c/s
if (y < 24)
25 bes = y-(x-1);
if (bes<1) % this limits the maximum value
bes = 1,
end
else
30 bes = 47-y-(x-1);
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rever ber aw@mnasd be zero or slightly forward.. BCS deri vedPCHUSH/ 83y
tends to reflect the type of recording. Any tine there is significant rear
steered material BCS will always be strongly negative. However BCS can_be
negative even in the absence of strong steering to the rear if there the
reverberation in the recording has a net rearward bias. W can use BCS to
adjust the filters that optim ze the decoder for stereo vs surround inputs.
29. Frequency depbesieny %ir48lits: five channel version The first of the
filters in FIG 2 is a sinple 6dB per octave |ow pass filter, with an

adj ust abl e cut of Pes Fekju 7. When BCS is positive or zero this filter is
set to a value hat is user adjustable, but is typically about 4kHz. As BCS
beconmes negative the cutoff frequency is raised, until when BCS is nore
rearward thane@d degrees the filter is not active. This |ow frequency

filter makesmnth an_outputs |l ess obtrusive when ordinary stereo material
Is played. T?; eﬁi‘?ﬁe eﬂ?in°€§nH§W§’a%W%t¥e?-he decoder at |east since V1. 11,
but in the ee thismelacatek doéd andatapalatidn ed thy boundarg not by BCS. The

second filter is g@vari abl e shelf fi lt‘&é’“ The | ow frequency section (the
pole) of this PIthercost qficopgse.ds asdyide!!! The high frequency section (the

zero) varies dgpend pg) %tﬂﬁefsafagssfygﬁta R b0t IR Regibhli S filter

i npl ements the "soundstage” contro e current decoder. In the

appl i cation No. UBBIAGWI-#AJ-¥sousihsthife)ef sdifffptsonent ed t hrough the matrix
el nts, usi n%the "tv matrix" correction. The earlier decoders based on
t hi's wor k reducé%ethe overall |evel of the rear channels when the steering
was neutral or femwped(47-g-1)Ha7a0)dedidi{e), presented here the matrix

el enents do not Ili%ld?f -x}lpﬁy)" t="-sﬂl‘itt£i(§i;t%%§;r ection. -72-
end
Note that the sign of gf_diff is positive in the equation above. Thus gf diff
15 cancels the value of sin(cs), reducing the value of the element to zero along the
first part of the Ir=0 axis.

FIG. 37 shows the left front right (LFR) matrix element with the correction
for center level along the Ir=0 axis. Note that the value is zero in the middle of
the plane (no steering) and remains zero as ¢s increases to 22.5 degrees along the

20 Ir=0 axis. The value then falls off to match the previous value along the boundary
from left to center and from right to center.

We now consider the panning error in the center output.

FIG. 38 shows the center left (CL) matrix element with the new center
boost function GC(cs). Note the correction for panning along the boundary

25  between left and center.

As it turns out, the new center function (if we write it this way):

CL = .42 - .42*G(r) + GClcs) ...(200)

CR = .42 + GC(cs) ..(201)
works well along the [r=0 axis, but causes a panning error along the boundary

30 between left and center, and between right and center. The values in the July
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-I'n the ngygdfsRgers when the soundst age control is set topdf@gssnssée hi gh
frequency section of the shelf filter is set equal to the | ow frequency
section - in other words the shelf has no attenuation and the filter has
flat response. Wen the soundstage control is set to "neutral" the sétting
of the high frequency zero varies. Wien BCS is positive or zero the zero
noves to 710Hz - resulting in a 3dB attenuation of higher frequencies. For

t he hi f ' . g | &bk Sert : - ' d . Th
o 1006 AIEHE APpBRaLinE £iF0 d dmbiinl RincRiRofbel s PRIEMRERIPEE 0 TThe®
| ow f beqndary,ewhinhecreatesasinentiapadniiy betweere léft amd: demter.d d¥e avoulddikeorom

with full level, The r. | t, i t f ncy i ch d
envel SHREITY CaRISTOIOCHOD: oo oG PP RYioE AL Uit e “c mcs
becomes neggbicdd fakeld brretion @6 dhe 2AAtrixeV@RehOWhich WiH dwtlee jetoby hat

when BCS is about 22 degrees tq the rear the shelf filter has on
ath enadding angdditional {anefaen agémm(wMa amotaiont  ont " the action is

simlar, bLge 8e £2E10 D0¥REhe-hkHz when BCS is zero or positive. This

gives the hla freqguencies an attenuation of 6dB. Once again, as BCS goes
negative tHELat t48huat2*6H1n) s+ Géioslet cemter_fiki tablé(xymdn)is controlled by c/s

and not by S. i s~filter is designed L | ate the frequency responses

of the hu h‘ea@ﬁnﬁbg‘fs&ﬁa%e%ﬁﬁ%gg%ﬁﬁﬁggr?:ce_ i s approxi mately 150

degrees i n R N3G Bhbwerthelievéls wftthefcehlter butghetneid tHbileft oyppub bisfar signahcy
uncti on” HRTF, These

e Bt o N SuB 5 FoSRGASS SISO, cor LETE T
di f f erehRfie RRRRIEfedt NiORAROAALKNABs @ tS B Fnverse of the left output. (The values
on the cs axis are inverted). ' ' |

We now consider a new five channel encoder (termed “Logic 7") which is
designed to operate correct.ly% with the decoder specified by the equations and

15  algorithms given above. .

There are two major g:_oals for this encoder. Firstly, it should be able to
encode a 5.1 channel tape in a way that allows the encoded version to be decoded
by a Logic 7 decoder according to the present inventio;n.with minimal inaccuracy.
Secondly, the encoded outpu_t should be stereo compatible — that is, it should

20 sound as close as possible to a manual two-channel mix of the same material. One
factor in this stereo compatibility should be that the output of the encoder, when
played on a standard stereo system, should give identi.cal perceived loudness for
each sound source in an original five-channel mix. Thé apparent position of the
sound source in stereo should also be as close as possible to the apparent position

25 in the five channel original.

In discussions with the Institute for Broadcast Technique (IRT) in Munich it
became apparent that the géal of stereo compatibility of the stereo signal as
described above cannot be met by a single adjustment of the encoder. A five
channel recording where all channels have equal foreground importance must be

30 encoded as described above. This encoding requires that surround channels be
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sour ce i S.vidhee/i23890 degr ees fromthe front there is a strongcmaises$iissne t he
frequency response at about S5kHz.  A: simil'ar; notch exi sts when a sound
source -73- isin front of alistener-- only in this case the notch is
at about 8kHz. Sound sources to the side of the listener do not produce”
these notches. The hunan brain uses the presence of the notch at 5kHz as
one of the ways it detects that a sound source is behind the |istener. The

current m%kéaCiﬁw the buh%)ﬁteofstle@ eﬁto&@%@ﬂsﬁ&pawwmﬁom@@ﬁe@mbs Féirvede

two rear_ speakers aced slightly behind the |istener, at +/- 110 or 120
degr ees Thagisy the tmhtenem gt $he suspub et the Gnc@iﬂ?p?rh%# dlﬁ)ﬂl%ﬁ%@eoprrent at

low reﬂé‘fée}\@iéﬁés ?m‘l‘ﬁ&? rguéngﬁéﬁnfgr&%%ﬁ‘t ﬁlg%e@} 'qﬁ%erﬁL ﬂgﬁae MRbstPiiRgUCe

t he sane excltement as a soun st ener.
Very of seurcesfandrbetheaaied musict sowrcsowhere ihsirnments dmslef besn bemgnddttbeall

li st nd ,not .from IS.also often the ca allst ni ng
oot doBieriguaRRcakersy; AlBgnehinch rdicsdigg pEE ok camigop 2 e Fresent

| ouds pe%ﬁﬁé sitfidlthe ipeBhbsts R@ﬂlbﬁttaae theR R 11dbedotiR BARMdPTh the tfhanl@essut
t hat can be achieved. The HRTF filter in the decoder adds the frequency

not ches nsig reeerdings weheyguihecforegrounst instrumesteare placed; Wethe fipmtdhree
further §H RhBf thah tq{li&%a?ﬁw%krep&alaﬁoﬂnm fhet P&y 8&%9&9&@ eql?%[(?% ciﬂ%eksﬁt I's

desi gne o vary w en csS I's positive or zero, ter
maxi mumentbdingetachadqaerbi ent sounds and reverberation to seemto be nor e

behid] d the l.igfttgp grsenes & te% 20 %Re r}ggiaghg _eelsewhere, it was determined that
music recordings of this type were successfully encoded in a stereo compatible
form when the surround channels were mixed with 3dB less power than the other
channels. This -3dB level has been adopted as a standard for surround encoding
in Europe, but the standard specifies that other surround levels can be used for

15  special purposes. As we will see later, the new encoder contains active circuits
which detect strong signals in the surround channels. When such signals are
occasionally present, the encoder uses full surround level. If the surround inputs
are continually -6dB or less compared to the front channels, the surround gain is
gradually lowered 3dB to correspond to the European standard.

20 | During tests with the IRT in Munich it was found that a particular tape
was encoded incorrectly by the encoder described in the AES paper (preprint No.
4402). A new architecture was developed to solve the problem with this tape.
Although the encoding of this particular tape was only marginally improved, the
new encoder is superior in its performance on a wide variety of difficult material.

25  The original encoder was developed first as a paséive encoder, and it performed
reasonably well with a variety of input signals. The new encoder will also work in
a passive mode, but is primarily intended to work as an active encoder (i.e. one in
which the encoding depends on the types of signal presented to its inputs.) The
active circuitry corrects several small errors inherent in the design. However,

30 even without the active correction, the performance is better than that of the
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-the filt od'gﬁzgsgduced. When cs.is approximately -15 degr epgrijidsdAdsbder is
conpl etel'y Tenoved, and the sound source appears to cone fully fromthe

side. As cs goes further negative the filter is once again applied, so the
sound source appears to go behind the listener. Wen cs is fully to the
rear the filter is slightly nodified to correspond to the HRTF function for
a soundhful ly to the rear. -74- 30. Frequency dependent circuits: the
seven channeh versi. E 13. shows the frequency dependent circuits the
seven Wgﬂmlly&%?gl}‘ggdgb&’ e’gr'decoder . These are shown as consisting of
three sectiAfter extéridiow disteming sevdrabsmialppeohlatrat with theefisdcembdenwere
sections can he conbiped into ong circujit. The first t seciio are
dont | Bapovegendiang, Batmobadl phiake Rroblsmes Bave bogb eSS i e Fsn « ne
same fiedefN Folékdripled wiest sftteb Sighls d@e Fa_g)p‘liléﬁ tth tHeahonat addogder. I n
V1. 11 and application No. 08/742,460 the side and the rear channe|s had
separ axearnnpuits of thenshcadertab the same tame; fhe spapitmgsengodes oafkpuh is bm@a cs
was posi t4 a e Si L PisSeffeh By SRPLS cept
for de Oé’fa}é'?‘ﬁglﬁev\ngg%{&t g‘&t"gﬁ %‘?aeglgzga%gg&n'pﬁgg Sﬁ?ﬁe@fg ?Nas b re n%%éai? vtglét han
22 degregsbiadslightlyst Bikéwngerweduaveufounel thad when raefilmtisencpded satlput s wer e

tt t by. 6dB, d, the .pl . . _ Thi
Ehe. Sosierrantial SuErOIY! FOSEnE TP A RoCe Ao ies ST Hieh A, RS oy of

the |isdRNR the signal power of dialog in the center channel. This can be important in

10  a film, where dialog intelligibility is of paramount importance. The new encoder
compensates for this effect by raising the center channel input to the encoder
slightly under these conditions. o | |

The new encoder, shown in block schematic form in FIG. 40, handles the
left, center and right chai;nels identically to the previbus design, and identically to

15  the Dolby encoder, providing that the center attenuaﬁjon function fen in attenuator
302 is equal to 0.71 or -3dB. | '

In accordance with the previous designs of encpdef shown in FIGs 10 and
11, the left (L), center © and right (R) signals are prés'ented to input terminals 50,
52, and 54 of the encodeI" circuitry, respectively.’ The;léft side (LS) and right side

20 (RS) signals are presented to the input terminals 62 and 64 respectively. An
additional signal LFE (for low frequency effects in a § + 1 mix) is applied to a new
input terminal 370. The C and LFE signals pass through attenuator/gain |
elements 372, 374, respectively, where C is amplified by the factor fen and LFE by
a factor of 2.0. These signals are each applied to both the summing circuits 278

25 and 282. The L signal is applied directly to summingr circuit 278 and the R signal
is similarly applied to sdmming circuit 282. The sur.;'*oq.nd signals are also applied
to these summing circuits, but only after some man_ipulation, which appears to be
more complex than i1t re_a'lly is. In the surround chaﬁnel attenuators 376, 378,
380, and 382, the functi_o_ns fe() and fs() direct the su_i__ro_und channels either to a

30 path (through phase shi_ft' elements 234 and 246) with a 90 degree phase shift
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I'n the prasesyzggcoder the di fferentiation between the si dePCUUS18a9d t he
rear output is achieved by a varlable shel:f filter in the side output. The
third shelf filter in FIG 3 has no attenuation when cs is forward or zero.
When cs becones nore negative than 22 degrees the zero in the shelf filter
noves rapidly toward 1100Hz, resulting in an attenuation of the high

frequenci es of about 7dB. Although this shelf filter has been described as

a separgdlgtiviel thethe frofit chanably (fwﬁllchtlﬁ*océétﬁthﬂﬁ@ﬂ e&eéphase ‘shefpeis286€and
function, the action of the two shelf lters can be conbined into a single

shel f tB88LoRte @ path withporrslative maﬁe y%hlﬂwlmethqqhaﬁp@mpﬂ% fe b Smierand s

possi oI 7 SoAar So HKE LRE RN UAGeh (i U0 Bhpite RRAY SR, OPRE,
rrpdl fi cthe Bissignal passes nonkangéd theougiphloekt376® to aowmustor BO8, wherkdtas t

o B olR ey, o 05, S o shh st Fo P BAHEE 08, Wherg it 1o el iRy
r I ght apklé erédipetupibd RS algﬁmlfvs&hnmeﬂaﬁ@ﬁhhw&a&dw vimieRdedh Adigh of —crx. The

non-di rectional conponents into_a plurality of output channels for
r epr odu¥alumof prpisghypically 0.38. It controls the amount of negative cross feed for

each surround channel. The signal then passes through a 90 degree phase shifter

934 and an adder 276, where it is mixed with the other signals from phase shifter

10 286 to this adder, and passes to the output terminal 44 as the “A” signal. Asin
the previous encoder, when there is only an input to one of the surround channels,
the A and B outputs at terminals 44 and 46 respectively have an amplitude ratio
of —.38/.91, which results in a steering angle of 22.5 degrees to the rear.

The RS signal applied to terminal 64 similarly passes through attenuator

15 382 with unity gain to the inverting element 400, and then through an attenuator
402 with a gain of 0.91, as for the LS channel. This signal is then added to —erx
times the unmodified RS signal in adder 408. As for the LS channel, the signal
passes through a 90 degree phase shifter element 246 and thence to an adder
element 280. The R, C and LFE signals after combination in summing circuit

20 282 pass through a phase shift element 288 into the adder 280, where they mix
with the phase-shifted RS and cross-fed LS signals to provide the “B” output
signal at terminal 46.

As usual, for each of the output signals at terminals 44 and 46, the output
level is unity, as the sum of the squares of 0.38 and ‘0.91 is one.

25 While the output of the encoder is simple when only one channel is driven,
it becomes problematic when both surround inputs are driven at the same time. If
we drive the LS and RS inputs with the same signal, a common practice in film,
all the signals at the summing nodes are. in phase, so the total level in the output
is .38 + .91, or 1.29. This output is too strong by the factor of 1.29, or 2.2dB.

30  Active circuitry (not shown, but similar to the active circuitry in the decoder) is

e
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N oudspe%grﬁ, %ggrpundi ng a listening.area, and incorporatpdgusssassef or
det erm ni ng t1 e directional content of said left and right audio signals

and generating therefromat l.east a left-right steering signal and
center-surround steering signal, the decoder conprising: left and right
input termnals for receiving said corresponding left and right audio input
signals; left and right delay neans for producing del ayed |eft and right

audi o. si,gpaks_f ' ' _ 0o ' s fB: Db ! of
i ROERSY B hERRBEL v rhd SRS R3in By 1h0 o A0 atied rhe (B PHERADAY
channeteurspi.gawheadtientwaisnsround thannels eresimiaréncimplitudeand arscisi vi ng
said dillagged left audio signal and a second el ement receiving said del ayed
rlg_htp tdro signal, each of said multiplier nmeans multiplying its input
ggid Id ovz :’ g ggwlln&ne? eYAoT @d@#;]gs RReHen &ll)e:mt) fsh@hﬁm(il fllliplﬁls(ht‘iedﬂllfaj indepelt and gnal ;
[ e matrix coefficient being contyolled one or, both o i d
s]t&er En@ of ilgmps Ingthys é:aﬁ%tﬁg%l g able PPNGCHRES U Ls 89 t@%@i’ftB‘fl{ L‘%’%
pl uraljty; of a@uipuga C gl | { o e out put
G anal Tt e e B St Slgtllfat &0 put "one
of sairddpted viely THis ewrteruis ssvgnel Thet previtsoereodennredused anvapstaprad

comporigial RIS, HHPCondfafs Tbich FeA R er Thar I8y YaSRERAg A °, 1,
i n thejimilangailicd tetid senraihutreaninalsshould result in a center oriented

10 signal. Thus, active circuitry (not shown, but similar to that in the decoder)
increases the value of fs when the two rear chémnels ére similar in level but
antiphase. The result of mixing both the real path and the phase shifted path for
the rear channels is a 90 :degree phase difference between the output channels A
and B, which represents an unsteered signal, this being the desired effect.

15 In discussions at the IRT in Munich, it was noted that there is a European
standard surround encoder. This encoder simply attenuates the two surround
channels by 3dB, and adds them into the front channels. Thus the left rear
channel is attenuated 3dB and added into the left front channel. This encoder has
many disadvantages when encoding multichannel ﬁhﬁ sound, or recordings which

20 have specific instruments assigned to the surround channels. Both the loudness
and direction of these instruments will be incorrectly encoded. However, this
encoder works rather well with classical music, where the two surround channels
are primarily reverberation. The 3dB attenuation wa_{s carefully chosen through
listening tests to produce a stereo compatible encoding. It was decided that the

925 new encoder of the present invention should also incorporate this 3dB attenuation
when classical music was being encoded, and that one could detect this condition
through monitoring the r'elative levels of the front an_d surround channels in the
encoder. _

A major function, therefore, of the function fc in the surround channels is to

30 reduce the level of the surround channels in the output mix by 3dB when the

I
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di recti onaWOP9386ded audi o conponents in-the outputs whi ch PETAISIBASEP| v
~involved in reproducing themin the intended direction so as to maintain
~ constant total power for such signals, whil'e preserving high separation_
between the |l eft ‘and right channel conponents of non-directional signals
regardl ess of the said steering signals, and nmaintaining the | oudness
defined as the total audio power |evel of non-directional signals
ef fecti surxgomldlshmewmtehmmchrsorﬁtﬁr thiamethe froalk Ichaanetleeﬁinsdlgtzgrl sinziiar to

I f t ended rection i
Gecodor thRE o SAAEHCGRE: B pt St P Pty Wb St Rt RBiRTa; afd hen the
i dent i f ireglr i9§1dssfby BdBnthe eabheof f¢ isghddddednto, a hedtinfiukr BB aThisi ght
surround. 3. decoder. of cl ai rgé furta}er conpri sing

fr equen%@ﬂ&% arfenuatien is reachegwihen the Wr@lwcﬁs pze B8dR, less stEong d
righy S%agttﬁg fi‘HﬁPHhénﬁleas'I‘hfé A&V, ebugeu{tr B0 %o WSHORRA, ftdy h@g Rhe

response o e outputs rn a prescri r said variation
cont r ol mew bycedmumpabblecwmth bllle El.g'npban bz encddertfoe clnssmaiczﬁusi‘c

surroungyQr back round e ongnt etected.i a|d I d right
aud o 1 HiOreuo e @ UMeR R A S0 TRARARA Yo SFOSE iy il are
frequen@ylcde@@ndehtfunal@vabl e fil ter means and additi onal deI ay nmeans .
following said left and. ri ht surrogGBd outputs for praoviding fromeach said

surround out puRers is; ?&R‘)@ﬁﬂ gnelden paeat regfrisient yakdng Rashyisrfpr the
f r efyiengyyAiith® RRSANERS pwa%([e%hﬁ tmgpa&ﬁv %ﬁ%uoggya&léhﬁ L3P B3 3@6%1 ““er

said variation being contro nufrber Control o gnars respon
to the ppassesmteraiglsarosstfeed @tiemank‘g884| rachd 386 to adders 392 and 394 in the

opposite channels, with 0.91 attenuator elements 388 and 390 in the main signal

paths, before being applied to the summing circuits 278 and 282. When a sound -
is moving from the left front input toward the left rear input, active circuitry (not

15  shown) compares the levels in these inputs and detects that these signals are

_ similar in amplitude and in phase, and under these conditions, fc is reduced to
zero while f5 is increased to one. This change to real coefficients in the encoding
results in a more precise encoding of this type of pan. In practice, this function is

~ probably not essential, but it seems to be an elegant refinement.

20 In summary, then, the active circuits comprise elements for comparing the
level and phase between the front and rear channels on each side, and for
comparing the relative energy in the front and rear channels. These circuits are
easily implemented in the form of log-ratio detectors and are well known to those
skilled in the art. Dependent upon the outputs from these detectors, these active

25  circuits

1. Reduce the level of the surround channels by 2.2dB When the signals are
in phase;
2. Increase the real coefficient mixing path for the rear channels

sufficiently to create an unsteered condition when the two rear channels are out of
30 phase;

-89- This Sheet Has Been Replaced

RN

SUBSTITUTE SHEET (RULE 26)



- REPLACEMZ Y bo/2b¥sE T anbi ence conponents detected in sai dptifsgdiided 1 ght

audi o i nput signals. 5. The decoder of claim3 or 4 wherein said control
signals are: a center-surround control signal responsive to the ratio of
I n-phase center signal conponents to surround or antiphasé signal -

conmponents contained in said |left and right audio input signals; and a
background control signal .responsive to the presence of antiphase signal

conponent s gCopLaled th@ 1%%1%#&{ smﬁufxa%tan%i’é B 'x{i;%t 38139‘9%3 tfd" i ng

peri ods when no stro st eere signal's are Fest ecoder'of
cl ai nsunmmd)lﬂyelzismmlelasse(ESdEhﬁtan tioe ﬂrohﬂ:e:ihanhels;tdes of operation are

provided a ereln ficients.are controlled differently by

sai d steer:lng% FoAs §ﬁ?§e‘fﬁ nt&ﬁl %mphg%eegfglp &I??%el dh ﬁﬁ’?@

decodeévafls@hmmra;ovn@ﬁ-bﬂt shahhelsaa@ of oper atlon is optim zed for
roduction OE surround en%o ed audio signals derived fromfilm

ndt r ack®-a the syeus m’é‘n‘éls%rﬁ}ﬁlqu’@ﬁiﬁé%tSoWhéB(# awmla is
opt i mg I 8. The
decoderaﬁfl‘%e]c | m 7 e%delgnrfr co |tr%e§°9?ér§ﬂ§’g@%§%§pﬁe matrl X val ues for

the |eft arﬁtldltlglmal ﬁmovemepta to theeswderrmyerlikdlgdotinchidena fieatmraforruch as
P05\ 118 5, G500, SUERIMGR s R RS ch AR A B LU0,
out putenebdér wiltndtatise4tB decodérto phae mreesulmdsirytksé sewlaag stepadens, and
10  but will detect this condition and make the encoded output appear to be unsteered
(i.e. a quadrature phase shift between the A and B chennels will result.)

While the preferred embodiments of the inventien have been described and
illustrated herein, many other possible embodiments exist, and these and other
modifications and variations will be apparent to those skilled in the art, without

15 departing from the spirit of the invention. |

-
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- reduces r ap0@»42386¢ the center/surround steering.signal becoREI/URIB/ES3N0

_ positive, -79- the internediate matrix val ues being determ ned by the

- requi rement of keeping the power ratio of the center conponent to the.
uncorrel ated conmponent of the input signals identical at the outputs of "t he
decoder. 9. The decoder of .claim7 wherein for decodi ng nusic sources
the matrix values for the center output are so constructed that the center

att ehuat i on gt ar t sA atrreasd sdﬂﬁdgieee:ﬂar fdrhwdiﬁrﬂjlﬁm@fa stefdeft ardd ¢ight

| | d ecoder, a val ue
; gg ‘glilﬁg ?ﬁ'rg"é’g?‘ FREH Héﬁ ellgﬁ%%oasgl%@a ropyhrRct®alegr ees, the
att @Uakbﬁfpddéms hetdlh rmufﬂh@i bf’&hﬁbxﬁ%lﬁlﬁ{@ls f6r f'é}?roahgfif)h Raryakhe

i ncreases, _and where the |eft and right front matrix values are’so
cons‘% r udeudspeakiers wureaundinged hﬁbemmg ayeas aad.mpuxpcsagm meass fot nexi mal |y

e O AR R o oSt LR (UL BB SRAE

uncdre Imnedamngrﬁmeeﬁ'onf at heasit ra)ldft-mgi‘uéﬂtéenhéal acal Sid Qfentéteslﬁfi“ﬁhﬁﬂ and

Ieft andr t front e sbeln additionally limted at the
cent er/ St¢ fﬁd“l%rﬂ%eltg é{é\?iﬁ‘is‘irec‘fm BPSIR&Z Ul ts in an approxi mately 6dB

di f f@rence IfHéleQheél@é me@eﬂasrﬁlgtsa&%f@ﬂidol&t aﬁetﬁgﬁyspdw (ﬁ&f dighbld jght

front output, The decoder of claim1l where t an rlg ront
mat r9 x élrémﬁ@e]@i&’édsl@ftCMHM@@ﬂmmah,l nput signal encoded to the

; ?3 (% fg;? éfhﬁ‘gh%xfhglﬁ@ Jf%hlﬁﬂh&i ft?eﬁ%t el foSwik§ fthern(?ﬁ{lbgll" of géuj Bluarniilty
11  of output channels, organized in pairs, a first element of each said pair receiving
12 said delayed left audio signal and a second element receiving said delayed right
13 audio signal, each of said multiplier means multiplying its input audio signal by a
14  variable matrix coefficient to provide an output signal;
15 said variable matrix coefficient being controlled by one or both of said

16  steering signals; and

17 a plurality of summing means one for each of said plurality of output

18  channels each said summing means receiving the output signals of a pair of said
19 multiplier means and producing at its output one of said plurality of output

20 signals,

21 the decoder having said variable matrix values so constructed as to reduce
22  directionally encoded audio components in outputs which are not directly involved
23  in reproducing them in the intended direction; enhance directionally encoded

24 audio components in the outputs which are directly involved in reproducing them
25 in the intended direction so as to maintain constant total power for such signals;
26  while preserving high separation between the left and right channel components of
27  non-directional signals regardless of the said steering signals; and maintaining the
28 loudness defined as the total audio power level of non-directional signals

29  effectively constant whether or not directionally encoded signals are present and
30 regardless of their intended direction if present.
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- producesy; gput fromthe fr . . he decoglefysdsngisi m 1
wher e tf}\gﬂ?gﬁb gnd right front megyk.ALEBRARSHALE SO constructed that

there is a level boost of about 3 - 80- t hat have no net

| eft/right conponent, but have a ﬁmﬁmmﬂ[ﬂﬂ - steering val ue of "abeut 22
degrees, said | evel boost reducing " . e center/surround steering
val ue decreases to zero, increases to 45 degrees, or as the left/right
steering value increases fromzero to +-45 degrees. 12. The decoder of
claim4 or 5 further conprising additional circuitry that creates a

backg2ound Thendeculdesiofeidinby whersihisajd téfb asidrdght andid inhet Signkty wenel
sqund bet n notes,ar syllahles kn the input. material, said background
coht r SRENRReneaded p fiscrhaneld opH tyAIDenBELS fod ShEFLRAREF aurr ound
stger At ovtpe sigieals 88 vfe suthl thitthsasd ¢efti@ Fighd Audis iRpakignals and

sai d background control signal being.slowy set positive when the djrection
of4 t harp stegederd irtosBye quBRLhWERalHWaickh ave Egprodyiced bysamphiication apg d

dig ecty :al . 1 S | o ItRG - | al ue
o SR e o i A R g S D oo e, e
st@ndao gurrnmund dhedistemareri al i s pl ayed. 13. The decoder of claim12
where the said background control signal is used to control the relative

| oudness of the front and the rear outputs, such that the | oudness of the
repr outputs i SdTE@I deeseruftlaite 2ablssiaudd Netdgriakees ege ippsitidl aneut r al
° posﬂ)éallt;!gnsl po 1:}|1er eCfE'. Iﬁpor}xt, center front, right front, left rear and right rear of the

3  listening position, said output signals being typically named according to their

4 intended directional locations relative to the listener’s position.

1 4. The decoder of claim 3 wherein a sixth audio output signal of reduced
bandwidth, intended for low frequency sound effects, is provided in addition to the
3 five output signals enumerated. '

1 5. The decoder of claims 1 thru 4 wherein said left and right audio input

signals are decoded into said plurality of output signals by means of analog

W

circuitry.

6. The decoder of claims 1 thru 4 wherein said left and right audio input
signals are decoded into said plurality of output signals by means of digital signal
processing circuitry, after first converting said input signals into digital form, and
finally converting said output signals back into analog form suitable for

;M b W N

reproduction on a like plurality of loudspeakers surrounding the listener.

7. The decoder of claim 3 wherein the said variable matrix coefficients
determining the level of the rear output signal sis maintained at a 3dB lower level

when the said left-right steering signal is of small magnitude and rises to the full

S OW N R

_mag'.rﬁtude when this signal reaches a magnitude equivalent to a steering angle of
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14, The.wemedesssof clai m 12, wiFbis Shikitins Beht ekground contRGI/USYS(AN0

efdat

controls a variable low.pass filt out puts such that the
cutoff frequency is set to a user | ue when the background _
direction signal is positive or zero, an ses to a high val ue when 1 he
background direction signal is negative, thus making the surround outputs
| ess obtrusive when -81- ordinary two channel material is played. 15.
The slec@ies debredshbrmicteybat Es's_ Iilrﬁdéperﬁiiixﬂ fmgwagﬂ rm_@n_e%anémﬁou&:dgm_ bri@xlgn_t rols
a variable shelf filter, such that en the background contr sign IS
posi @i véighal; dp s m@&meggh&me%@&@n wlﬁmlqrbavu%trsgﬂdo%t@rm_ Heht ed
by a7 usgsroefaiﬂgtlagé Ga¥pitith offitk %\ﬁrﬂdmﬁd%a%w%ﬁgﬁkg Pé]ﬁ%iv%%' tHeSfront
- negative this attenuation is reduced to zero, thus neking the surroun
out p8it s dutputs hears steeringocanrdiindhe fomyard ahiregtionatesultingiin wozg ectut4.
The gdecaodey . of I m.5 wWh h r. outputs of the matrix are split into
a si ge Oﬂﬂ‘{)ﬁ&"gﬁi&&és?%ﬂlngf‘b&&}‘fﬁ§% ¢conbi nation of additional delay in the
rear output, and a variable |ow pass filter in the side output, said | ow
. pass_filter being set o hi fregquency when the said _center-surround

steeting. si ¢l ii‘gﬁ'd#"éog%%P £ g;mhe@zn dbgredselutgeplyg ofjpme of the saxd
centgr- i isWmiteiN@h Beﬁ%rm RS d 15 3¢ rARffiges the
| ow %aszét ?@%gcejsﬁ%g%;gi dl'y bei nge re uceg, toa}g&?%eﬁﬁ%g e%? 50 ]§V\hen
t he 3entdrang@ngs therebytmrovidingsmpraved azshessivesess to dymamat effects. - 45
degrees. 17. The decoder of claim4 where the left and right surround
out put s

1 9. ‘The decoder of claim 3 wherein in each front quadrant the coefficients

calculated for the left and right components of the input signal are made such that

the sum of the squares of these elements is equal to one when the center-surround
steering signal is close to zero, so as to reduce unwanted variations of the total

power delivered to the loudspeakers as a result of steering.
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10.  The decoder of claim 3 wherein a center boost function is provided
such as to result in minimal apparent motion of central sound sources in the front

while retaining maximum left-right separation of unsteered sounds.

11.  The decoder of claim 3 wherein a new center front matrix coefficient
is made dependent on the said center-surround steering signal in such manner
that up to an effective angle of 30 degrees toward the front the center channel
output rises to a value of 3dB lower than a standard type of decoder, then rises
more rapidly to reach the same maximum level used in the standard type of
decoder at full front steering, additionally cutting the level of the center
component of the signal in the left and right front channels so as to preserve in
the sum of the powers from each output of the decoder the ratio of the power of
the center input signal to the total power of all other input signals into the
encoder from which the said left and right audio input signals to said decoder

were derived: thereby preserving in the outputs of the decoder the same balance
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head/ pi nnae system for sound sour re than 150 degrees in
azimuth fromthe front, such that cent er-sufround stéertng
signal is zero or positive the filter has its maxi numeffect, and as the
center-surround steering signal varies fromzero to -15 degrees. the filter

e} '
2% netiediE CHIES, dut SRieT oiBHElSTs WAl fRREHEY bofihk KRY SniS Wt eBagy
rit$d| f and alss eréses'm:gtthq batamrbed:mnobenben hndfathem ergn,als s pecnmlmgs t he
man head |nnae rces fully to the rear as the center
roﬁﬂénéat F‘t‘ﬁ&dy’gﬁ }‘g—&{‘ﬁg?i}}){ ni mum val ue of -45 degrees. 18. An
encoder circuit for automatically mxing five channels of audio input

signals down into twg output chan s. such that _the energy ratios in the
|r4put si gndbs aln prldeeeps errs‘PFﬁgﬁSlbeﬁflc lﬁgaﬁ%e C]B%‘én%lﬁroé'é'tﬂlon of the

I Rput Eh AN i ps of
dlrgfof epéinltgﬁg%ﬁl %ﬁgﬁ{s ﬁtt&t@ ghg%‘%%ut SI gﬁa%ﬁg and uch ﬂ%ll nput

siggnarespechizahelft fomtaogntengoonts mightcront lefiyrear twrsummﬁmd,cmdl mightt he
oot 5P bt iR, B P, SRt shafndls Aitba i yHROlch, SEACERA R PR L o

argd abh@rmslsdespedztxvéiy, pﬁshgto the original direction when decoded
t hyough a andard encoder co sing:, fiv |nput
tetminal s PEPhrecend; tt&rg 9@3%%@%&%@}'%&@ 8 Lot Front

7  center front, right front, left surround, and right surround channels respectively;

-of a fiwgoebassge! version of thepdaga L pal ddi tional | yperpeég/Rgeor th a
variable filter that ewlatesthem EB? nse of the hunman

8 : an attenuator circuit connected to said second input terminal for

9 attenuating said center front signal by a factor fen;
10 first and second summing circuits, said first summing circuit receiving the
11 attenuated center front signal from said attenuator circuit and the left front input
12  from said first input terminal directly, and said second summing circuit also
13  receiving said attenuated center front signal and the right front signal from said
14  third input terminal directly;
15 first functional attenuator with attenuation function fe(l, Is) for attenuating
16  said left surround signal received from said fourth input terminal;
17 second functional attenuator with attenuation function fe(r, rs) for
18 attenuating said right surround signal received from said fifth input terminal;
19 third functional attenuator with attenuation function fs(l,ls) for attenuating
20 said left surround signal received from said fourth input terminal;
21 fourth functional attenuator with attenunation function fs(r,rs) for
22  attenuating said right surround signal received from said fifth input terminal;
23 first, second, third and fourth cross-feed attenuators having an attenuation
24  factor -crx each receiving the output signal from said first, second, third and
25 fourth functional attenuators, respectively; |
26 first, second, third and fourth fixed attenuators having an attenuation
27 factor of 0.91 each receiving the output signal from said first, second, third and
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respect i vevg opizassi fied as |eft, Ce“%ﬁ{séh;feiﬂ?hpen|k€£1£ce§ur r ouRCTAIRPSABIIAL

surround; two output termnals each .fo e of said two out put
”ITI]EH Iﬂl‘ﬂmﬂg t he anplitude/ phase
: put signals and "

channel s to external apparatus; neans

rel ati onshi ps between sonme of the sai diii§ikigh

produci ng control signals therefrom and -neans for mxing either fixed or
vari abl e proportions of each said input channel into one of said two output
ch@agel fomthifhncesionablattqoatord,irespediively; r esponsi ve to said control

[ ls. 19. h f cl.aim 18 in the ci it ‘inc|ud
P 1 Tvely Ephataconio i anyl GRIR SOdRER carRmopRiyi Eht pugpul RERSIE SR
i @Rl s saftBfirsi-ReCokd/Hiir SHREfodreth HXEd2Anuator8] fdipectivelye @ffdgéld@ifnﬁte?)ei_ .

I nput signal s when the same signal_is applied to the rear I'nputs eit
pha¥le othem the pptewtesigpals froméauhemd, $trst,| faunttr andtdvied oradsefeedr cui try

I n de i correct the m xing val ues such that when the -
sa%eéjsi %ﬂﬁ%aﬁ%ﬁéa&&éﬁyhe rear inputs in antiphase the outputs of the
enc3®ler have first elml émnﬂhﬁbzﬁswéhﬂfﬁérd&gﬁﬁﬁss?aﬂli‘@ ﬁ%ilkiBaE\%h siﬁfﬂmﬁicﬁi%hed-QO“_ t
congdjtion to.a decoder. 21, ., .The encpder o aim jerein the circuitry
P e SoRTHEE E5° HEPU JF 1aiROVGt el poreed add ¢t FRIDRERVBIKS | n the roar
chagmel s wherhird hflddoulrth PRASE dhireéMeRBuRB haRfing RephL QNEhifD P &GN .g° r ear
i nput on the sanme side, for . _ ] o ) i

36 receiving the outputs of said first and second summing circuits respectively, said

37 first and second summing circuits also receiving the outputs of said third and

38 fourth adders respectively and combining them with the left front and right front

39 input signals respectively together with the attenuated center front signal from

40  said attenuator circuit connected to said second input terminal;

41 : third summing circuit for summing the output signals from said first and
42 th1rd phase shifter circuits respectively to provide said left or A output signal to a
43 first output terminal; | '

44 fourth summing circuit for summing the output signals from said second
45  and fourth phase shifter circuits respectively to provide said right or B output

46  signal to a second output terminal;

47 first, second, third, fourth and fifth log amplitude detector means for

48 detecting the amplitudes of the signals applied to said first, second, third, fourth
49  and fifth input terminals;

50 first and second comparing means for comparing the log amplitudes of the
51 front and rear signals on the left side and on the right side respectively;

52 means responsive to the output of said first comparing means for reducing
53  the function fe(l,ls) of said first functional attenuator from one to zero and

54 increasing the function fs(1,ls) of said third functional attenuator from zero to one
55 in a complementary manner as the predominant signal direction changes from left
56 front towards left surround;

57 means responsive to the output of said second comparing means for

58 reducing the function fe(r,rs) of said second functional attenuator from one to zero
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~exanpl e yp@gnidfae front left input to.the rear Ieft | nput . pePruses/1BB) -encoder
of claim 18 where the circuitry includes neans to actively determ ne the

presence of a conmon signal on all three front inputs, and to adjust the

m x |evel of the center channel to preserve the total power of such a .
common signal at the outputs of the encoder. 23. The encoder of claim 18,
where the circuitry includes neans of conparing the |level of the rear
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62 third comparing means for comparing the log amplitudes of the front signals
63  with those of the rear signals;
64 means responsive to the output signal from said third comparing means for

65 reducing the function fecn by up to 3dB as the front signals exceed the rear signals
66 by up to 8dB or more;
67 ~ fourth comparing means for comparing the phase and amplitude between
68 the left surround and right surround input signals applied to said fourth and fifth
69 . input terminals; and |
70 means responsive to the output signal from said fourth comparing means
71  for reducing the gain of said first and second functional attenuators by up to
72  2.2dB when the two surround signals are similar in arri_plitude and in phase, and
.78  for increasing the gains of said third and fourth functional attenuators when the
74  two surround signals are similar in amplitude but in antiphase, thereby forcing
75  the A and B outputs to be in quadrature phase relationship representing an
76 unsteered condition. ' ' '

13. The encoder of claim 12 further comprising:

a sixth input terminal for receiving a low frequeh'cy effects signal;

a gain stage of gain 2.0 for amplifying said low frequency effects signal;

said amplified low frequency effects signal being applied equally to
additional inputs of said first and second summing circuits so as to appear equally

and in phase in both A and B outputs at said first and second output terminals

1 O O ke W N =

respectively.
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