1 A SYSTEM AND METHOD FOR EXPANDI NG MULTI - SPEAKER
PLAYBACK Field of the Invention [0001] The invention
rel ates generally to audi o signal post-processing, and
specifically to playing back stereo audio contents on
mul ti pl e speakers. [0002] Mork specifically, it is
related to the detecting the directional cues fromthe
stereo audi o signals and reproduci ng sounds with
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systens are w dely avail ab)A&YBA@ydi o, video and
entertai nment systens today. Quadratic 4-speaker
systens and 5.1 systens such as shown in FIG 1
provide listeners with nore enjoyable multi-nedia
experiences than traditional stereo systens. However,
there are |large quantities of stereo audio content
Figld &f thgrlaventiost ock and al so currently being produced
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straightforward stereo playback. [0004] Many net hods
have been developed in attenpting to better render the
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to create a surrounding sound field. ng the many

at t etepsosiudiveignalsaind geprotesilpedouads tithtsuirourphgseffects utilizing more
information 2 between two signals should be placed at

t he R8BAMErSPERKSAL and out - of - phase i nformation shoul d

be pushed to the rear. [0005] In US patent 3,959, 590,

Schei ber discloses a systemfor decoding stereo audio

to four output signals. The system nakes uses of a
gain-controlled first and

Background of the Invention

[0003] Multi-speaker systems are widely available on audio, video and
entertainment systems today. Quadratic 4-speaker systems and 5.1 systems such
as shown in FIG.1 provide listeners with more enjoyable multi-media experiences
than traditional stereo systems. However, there are large quantities of stereo audio
content that are in stock and also currently being produced that do not fully utilize
the advantages of such multi-speaker systems. There have been difficulties in
attempting to make better utilization of multi-speaker systems to give more

listening pleasure than straightforward stereo playback.

[0004] Many methods have been developed in attempting to better render the
stereo audio content utilizing more than two speakers to create a surrounding sound

field. Among the many attempts, many follow the belief that in-phase information



second i nput channel to generate a first and second
out put channel. A third output channel is generated
by conbining the first and second input channels. A
fourth output channel is generated by subtracting the
first and second input channebs. Al “the output
channel s are gain-controlled. The gains are derived by

conphetiveen tthe sighuls ahcult hiee ldcb@ranaR eéntéth@ront and out-of-phase
| ogari thm c val ues of the absolute values of the two

i npuinferimptiah showdhboptsbnd td thetrears t hen are used to
snooth out the rapid fluctuations of the gains.
[ 0006] Efforts have al so been nmade on achi eving better
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filter to snooth the gains. In US paten

and dhabifih 6 d@erdfalSigat@nbismg tike S5t \vad |se@ing infiitl Ehdinhelt.0 A fourth
control the output gain of each channel. Al of these

dev eduipHeherne] segnerpied by sybirdctingithe fiat med sfoord ipet chdmmels. All
two [ nput signals or the sum and_difference of the )

two THFHPWiGRECS 4% spigrropEpliadh e Thmienas are desivpd Siit gamparing the
cha il et hese | gori.t hms achi eved go channe
copangh josh e bR S B RenaT BB 5T fante Seies of the two
rai C 1Sy f VA ts. .al .
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charufehe gitsh, 0. |1 nstead of aimng at better channel
separation, other effects that altered the stereo

content m xers' intention were included. In US patent

5,319 713,  Valler mxed the left input signal with
| owd 8808k Effarighhave alsatbeen gisde or ackjevieg battsr ichdmel sepaption. In US
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and soiobfhithe gains. In US patent 5,666,424 and 5,666,640, Fosgate uses a servo logic
cirouit to control the output gain of each channel. All of these developments used
the logarithmic value of either the two input signals or the sum and difference of the
two input signals to control the gains of each output channel. While these

algorithms achieved good channel separation, the relatively high computational cost

raised some concerns.

[0007] Several developments also concentrated on decoding stereo audio into multi-
channel audio. Instead of aiming at better channel separation, other effects that
altered the stereo content mixers’ intention were included. In US patent 5,319,713,
Waller mixed the left input signal with lowpassed right input signal to generate left

output signal and mixed the right input signal with lowpassed left input signal to



It out-of-phase to both front and rear speakers.

[ 0008] Wil e there have been several devel opnents in
i mprovi ng sound quality via channel separation or
ot her sound effects, the present state of the art is
still lacking in having sound systens for

mul ti-speaker rendition of stereo audi o content that

achi gestcI9af RlANN§nab el@%@vtih&pa %iﬂé?legi AR sofie ixPage, but also

scal abl e conput ational costs. Furthernore, presen

dev ehajenthet suhdgfeaoinaees. all ©St faek 6/198856,CC6Weson gencrated
solutions to input signals having nore than one

doni spatel effegisdly. [ ahe Tfferatobeiween teetvocingar kignals and output
exists for .a nethod and systemfor expanding nultiple
spedk@?t‘?f{'fﬁi?ﬁ%&quﬁonb Ednwsakdse probl ens or at

| east alleviate the I|imtations of existing systens.
Summary of the Invention [0010] The present invention

seeksomd mﬁ5ﬁ € r ndi mul tiple o
spegker ] p ay‘gglg E |V %%ﬁe&'] Jgk‘%glo(}egﬁéfégfne? iR "é’vgﬁpgé’b‘?c} quality via
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processor for a surround sound decoding unit for

pr oge $aving smirer goteaisdior malbipptakea viiiich betbréb™idio content that
signal and a right input signal for playback on a

pl uraghiptsy gopd chpnnehsdpsrationpwitk imigingal laed tscaddtdn nemputational costs.
ri g%IHgflhannel , a center chanpel, a_left surround
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left and right input signal into a plurality of
frequency sub-bands, each of the plurality of
f r eguoesr Thenskorbamdsed Olgity $kivG for | £ ietipdbadiafdih W expanding
and a right sub-band signal; 4 a plurality of
si ngdtipasgeakgnplryback it wrtiaomss der preblanrdirng Ieastt Rviate the
plur.ality of frequency sub-bands, each of the
sin F%@Bééﬁpﬁ§¥ﬁﬂﬁé§Y%m%$ructure for receiving the
corresponding left and right sub-band signals from
each of the frequency sub-bands for processing into a
plurality of sub-band channels conprising: a left
sub- band

Summary of the Invention

[0010] The present invention seeks a method and system for expanding multiple

speaker playback.

[0011] Accordingly, in one aspect, the present invention provides, a channel
synthesis processor for a surround sound decoding unit for processing stereo audio
input having a left input signal and a right input signal for playback on a plurality of
channels comprising a left channel, a right channel, a center channel, a left surround
channel and a right surround channel, the channel synthesis processor comprising;

a band splitting filter bank for receiving, splitting and filtering the left and
right input signal into a plurality of frequency sub-bands, each of the plurality of

frequency sub-bands comprising a left sub-band signal and a right sub-band signal;



channel, a right sub-band channel, a center sub-band
channel, a left surround sub- band channel, and a

ri ght surround sub-band channel; wherein each

correspondi ng sub-band channels of the plurality of

sub-band channel s of each sitgl e-band synt hesis

structure are summed up in a mxer for reproduction

in a corresResly 6Osiafleyand s@fthds | i '
channel s o? thgysurrghnd é%ﬂndnﬁgﬁ%gﬁﬁgkﬁﬁﬂgﬁngéggrIﬂmﬁhw
| n aofdidymengsmbdiandd, bachpfelsesinglé-busdiyndiesRrsauétdRSor Reeiving the
met hod for processing stereo audio input having a
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| ayback on, a.plurality of channel conprising a left
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bands, each o requency sub-bands

conpri si nghaeihehdh soMespmhy ssbdaall cBAtheR dritBblurality of sub-band
sub-band signal; processing the |eft sub-band signa

and chhmnels ghtachsugldband sindrals $trtoture @k Wualniddyufin 2 mixer for
sub- band channel s conprising: a |left sub-band

c hardgPduciioniiy pcoresponding chanaelndithe plusality of chanteibefitlie surround
channel, .a Left surround sub- band channel, and a
rigﬁ?m§b¢?8@ﬁ8u§ﬁb-band channel ; and summing up each

of the corresponding plurality of sub-band channels

for reproduction in a corresponding channel of the
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| nveterécomudia inbutrteminge lafirgpuf sihal andlesiuht bg@t sivhdlor playback on
reference to the drawings of which: 5 [0014] FIG 1

i |1 agdvratissofckannds compiisitg abift diaagelaanrght ahdnygl] @ akenter channel
5.1 IL%{speak r. system [0015] PIG 2 illustrates a

f un@PY B susiogesk chanaglaaaw srehasusigupng ghanneh theomebod ¢pmprising the

SVSE{%BL: splitting the left and right input signals into a plurality of frequency sub-
bands, each of the plurality of frequency sub-bands comprising a left sub-band
signal and a right sub-band signal; processing the left sub-band signal and the right
sub-band signal into a plurality of sub-band channels comprising: a left sub-band
channel, a right sub-band channel, a center sub-band channel, a left surround sub-
band channel, and a right surround sub-band channel; and summing up each of the
corresponding plurality of sub-band channels for reproduction in a corresponding

channel of the plurality of channels.

Brief Description of the Drawings

[0013] A preferred embodiment of the present invention will now be more fully

described, with reference to the drawings of which:



[0016] FIG 3 illustrates a Surround Sound Decodi ng

unit of FIG2; [0017] FIG 4 illustrates a Channel

Synt hesis Processor of FIG 3; [0018] FIGS5 illustrates
a Singl e-Band Channel Synthesis Structure of FIG 4;
[0019] FIG 6 illustrates a gaibn control unit of FIG 5;
[0020] FIG 7A and FIG 7B illustrates a logic flow for
cal cploady PG PAR t £ qt

a l ogil c ]fl ow fo?Stgég?%ﬁlgtgﬁ %ng? 1 g%g@;i a(?f @ﬁ 58[) il 52 - -speaker
descsysptmipn of the Draw ngs [0022] A nethod and system
for expanding nmultiple speaker playback with a
preferred enbodi nent is described. In the follow ng

descr.i Ftif’&}rgdet ails are provided to describe the
pr ef BPH o KaB gHpsiins 2 Jupctitnal blole disgisar ef SerouwsdeSound Decoding
ski | in the art, however that the preferred

errbo%’fSe t may be practi ced without such details.
Sone of the details may not be described at Iength so
as not to obscure the preferred enbodinent. 6 [0023]
Thi sjopre3f EIG. ednerbeslh Eﬁﬂ&umuﬁamo&lﬂgu% Of
reproduci ng stereo sounds wth up to spea

systenms. It not only serves an alternative net hod for
the current nethods, but also offers a solution for

i mpri8YEd ki Hbistratepa Chniumh Sywhesis PhoeesonofFIGo;e t han
one dom nant signal. It also addresses the issue of
scalability in terns of conputati on and nenory usage.
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steered separately. This advant ageousl y achl eves
better channel separation when there are nore than

one [oim19] IRAGL6 Blugtndtbs @gainByntid] WRit oAFIGEhe number of
frequency bands increases, the anblgU|ty of decoding

is reduced as the chances of the dom nant band

falli ng I*Fi(t}o the different frequency bands i ncreases.
[ 003¥20Ir i G; s eI TBrilustrateea e femiforsialgnlalisg Gsg, Ge and Gg;

further decreased by introducing

[0021] FIG.8 illustrates a logic flow for calculating Ggg and Gy,

Detailed description of the Drawings

[0022] A method and system for expanding multiple speaker playback with a
preferred embodiment is described. In the following description, details are
provided to describe the preferred embodiment. It shall be apparent to one skilled
in the art, however that the preferred embodiment may be practiced without such

details. Some of the details may not be described at length so as not to obscure the

preferred embodiment.



sl ow decay of surround signals when there is a

dom nant center signal and vice versa. This is based
on the assunption that not all dom nant signals are
active at all tinmes. For exanple, a dom nant signal
at a center channel with dialég will have pauses
bet ween words and sentences. |If a dom nant signal is

pr es o3 WhisherefefBE @inbodladd @lddresdds AMNABBANGE kei)ré/&ul:fng stereo
not be conpletely nuted within a short ‘period o

ti mesounds hath ep &1 6\ ghealery siystemsedt nuhord seRaPh@ Siternative method
faster recovery during the inactive time of the .
cent g’i‘ theapreat Mefhodadpt plse offersas salwtiongfos ympeved khargel separation
been_¢l ai,med to be @gﬁabl e.of, mxing multi- channel

a

audi %Vﬁ?’hfllf’r%?’é’r@iﬁm Puepfgpinariasienst décbweaddsesks the issue of

into SQr .G ti- . .chanpnel format. [0027]

Cons AP R o Byt RT oy e

Rt =R+0. 707C+0. 7075 7 where Lt and Rt are the left and
ri ght channels after the encoding, L, R Cand S are

t he [0ed4], Thei grbferred @RtbRUinasig agofits %ﬂﬂb&ﬁ@?ﬁ%&s%infg;rtg 33118\)7 different

phase of the surround channel is nornmally shi

90 dErsiveecybldnds 6o diectictired) sep0@2E] This déendigbeush @g8ses better

will take a matrix as L GL QAR R = GRL GR Lt C G

GCR Shael sapagggion aden, fheieearamose thes ogaidaminant sigmal @t any time. As
i t fol | ow n

ggitot ' ﬁgl%h%r?%ofl&e%%ﬁg% S i&%&gg&%\’eemanguhy of decodigg is reduced as

the chances of the dominant band falling into the different frequency bands

increases,

[0025] The issues of multiple dominant signals is further decreased by introducing
slow decay of swrround signals when there is a dominant center signal and vice
versa. This is based on the assumption that not all dominant signals are active at all
times. For example, a dominant signal at a center channel with dialog will have
pauses between words and sentences. If a dominant signal is present in the center
channel, surround channels will not be completely muted within a short period of
time, rather a slow decay is used, which enables faster recovery during the inactive

time of the center channel.

[0026] N-2-N matrixing systems have been claimed to be capable of mixing multi-
channel audio into stereo audio, which can be decoded back into the original multi-

channel] format,

[0027] Considering:

Lt = L+0.707C - 0.707S
Rt =R+0.707C +0.707S



C=C6 X (R +Lt) S=Gsx(Rt-Lt) where d, GR Cc and

Gs are the gains for the left, right, center and

surround channels respectively. [0029] The gains are
obt ai ned by anal ysing the in-phase and out - of - phase

signals between the two inputs. Mathematically, it is

i npossi ble to reproduce the exact origina

nul twhabanarl Raddibe 1enesd tiéht%%n&%eﬁteﬂﬁ%e%cb&ﬁlg, L, R, Cand S are
stereo. Rather an approximtion of the original ‘audi o

si grihé defi, sighie rcented alphsetbund cherdehi Thaphasanifithd Surrdmdechannel is
The nost_common assunption will be that there is only

one Woniihathifted i Y degreprheforaeneadinggi ven tine, which is
often not true. If there are actually nore than one

dom nant signal at a particular tinme, the assunption

wi | Lhgorrect de ing. . .For exanple, if
ther[%dzgiﬁqs#%géd(}%% rgﬁ?ssgvéﬁ%g? ag’i"aé?féfls and a doni nant
sur rgan (%qui! at the sane tinme, nost of the decoder
Wi, i %%fad 5yt put ing a center signal and a

sur ',gr@be, 0 if| output a left signal and a right
signdal|. & [@@3Q] | Rae preferred enmbodi ment splits the
i np to siqpal Into a nunber of frequency sub-bands.
Eac r d@n§§“ ub-band is then processed by a
synthesis structure. This synthesis structure can be

r eus@drdy iadhk tgﬁﬁ?OﬁlrttslﬂUﬂﬂth nﬁgpdﬁﬁ@g&Pger%Hﬁﬁm{%%oﬁWing

out fr 1e synt'hesis’'structure r

sub@%%§5¥f&¥h%h mul ti-channel output is then sent to

t he speaker system [0031] In each of the single band

synqhggg§1§tructure, the left and right outputs are

q% the left and right inputs with a gain; the
u

Obt?%98g>i

center “8u is obtained by the sumof |left and
ri ght=GaputRé irkh a gain; the surround outputs are
obt gi.ngdspy; difference of right and left inputs
with a gain. ins are further applied to the two

surround outputs to steer the surround information
between | eft surround and right surround. The
synthesi @ svr Uet ané Goare dho sai domithed &tfe aightncantst and surround

f eedbac
&annfl:is respectively.

[0029] The gains are obtained by analysing the in-phase and out-of-phase signals
between the two inputs. Mathematically, it is impossible to reproduce the exact
original multi-channel audio once it has been mixed into stereo. Rather an
approximation of the original audio signals is derived based on certain assumptions
made. The most common assumption will be that there is only one dominant audio
signal at any given time, which is often not true, If there are actually more than one
dominant signal at a particular time, the assumption will lead to incorrect decoding.
Yor example, if there exist a dominant center signal and a dominant surround signal
at the same time, most of the decoder will, instead outputting a center signal and a

surround signal, will output a left signal and a right signal.



mechani snms to control all these gains. The gain of

each frequency sub-band for each output is regulated

t hrough gradual increnment and decrenent to avoid rapid
fluctuations. [0032] Referring to FIG 1, a functi onal

bl ock diagramof a typical 5.4 nmulti-speaker system

10 is shown. The audi o video source 30 is split into

i t's posh]oTEL Hr&BleBZmtalEn 33 REN

theiEp rg\spect@)it[ve audi o Bgnégﬁg@gfsggggg uéeglg@dgérjs}.ﬁﬁ %hé&nber of
out pfrequiengymsithisands.d dactd e@ataty 36b-bsnd B &Rers ptkedséd By a synthesis
display unit 20 for providing the visual 1 nmages. %he

out pitruciremihisesyathtisis ductde casbe whisahby ebripr frsgentheub-bands.
left_input signal 5 and right input signal 6 fromthe
decobiéd ¢ By %@Httg%tsym@e&lhéﬁugtém for glli the sub-bands, the

S B RBH S RE SR it BRSO e it

signals and produce a plurality of channels each for
pl ayi ng on a respective speaker in the 5.1 nmulti-

speqbest] Iy shetnof thd sihfe bBR bytRRtd QRuckial the 18t 8REFR outputs are
sitting at an optinmum |l ocation wll be able to enjoy

t he @tanciobyatidiloft@adtright inpltsywith tahgatn die saiedn oatpfut dis obtained by
mul tj- speakerﬂgﬁs_tem 9 [0034] The plurality of
chartheFamoh deft arslirightBpys ayidh aiggin the sugopmt outpalsyare obtained by

speaker.s. are:.left nnel 11, right channel 12, ,

con b peftrest ikt apE I Gpptsoie ol anng e forthgrapplied to the
surr, ow._ Fr fects FE)

chanagr BT ARk 1 B WA ENE oy Tl Reeh @ suround and
t he rHDSuRRINbUr The sy #IReRs | ng;l%ép i

Decé i ng Unint (SS ) Sgﬁ % hszl?%%@iggﬁtggﬁi nput ldtg'%gufneﬁld §66dbaCk
and mechyintistfis forvptrolslighede gamnd The paid W€ efhiffegueoysab-bhnd for each
of channels: the left channel 11, the right channel

12, oppat igeisgalated ndrough @@dual hecremént sud rdearecheahaonetoid rapid
14, the right surround channel 15 and the |ow

f

r edJEWAYOTSt f ect channel 16 [0036] Referring to FI G 3,
the SSDU 52 conprises a Channel Synthesis Processor

[0032] Referring to FIG.1, a functional block diagram of a typical 5.1 multi-speaker
system 10 is shown. The audio video source 30 is split into its audio content 37
and video content 33 and sent to their respective audio 35 and video 36 decoders.
The output from the video decoder 36 is then sent to a display unit 20 for
providing the visual images. The output from the audio decoder 35 which
comprises the left input signal 5 and right input signal 6 from the decoded stereo

audio content is then sent to the Surround Sound Decoding System (SSDS) 560.

[0033] The SSDS 50 then processes the left and right input signals and produce a
plurality of channels each for playing on a respective speaker in the 5.1 multi-
speaker system. It is the intention that listener 3 sitting at an optimum location
will be able to enjoy the stereo audio content played through such a 5.1 nulti-

speaker system,



60 which receives the left input signal 5 and right

i nput signal 6 via a pair of High Pass Filters 63.

The left input signal 5 and right input signal 6 are

also summed up in a mxer before filtering in a Low

Pass filter 65 to produce the9Low Frequency Effects.

The cutoff frequency can vary from50 Hz to 200 Hz
dependi ng on the speaker and subwoof er

characteristics. A attenuation of 3dB may be perforned

to posdyelhezfutalie; 6O F i

[ OOSQ] ‘gﬁer?i ng%; o FI gﬁ §§t}?ﬁgbglﬁaﬂﬁr@fﬁ%§ﬁ? ﬁéege‘ﬂsgectwely speakers
Pr ocee:sloft cBnebhiyrrighe shainelal 2, Baer Bahid) 13N @A bkt@ind channel 14,
Bank .70 which receives the left input signal 5 and

ri ghiight npitound ghranels #Sorand pLowt Frequemy fAffetsr i(DBE) nihennel 16
a plurality of frequency sub-bands. Each of the

fre @ﬁ@%ﬁ%mb-bands conprises a left sub-band signals

5a and a right sub-band signals 6a. [0038] The nunber

of frequency sub-bands can vary dependi ng on the

pr o [ t han | | ocated or

avaiqlg?g)? gi& fql'rﬁ%g ?r(gﬁpg@f?’eggeﬁggz?/@?%?%rglﬁgscomélsessfstggﬁ?um Sound
has,DécbéinpilheS SO Ipudhi thives @k i bR § -

[0039] Snpiphalsine Tl gngf@ﬂ gglégﬁg?t%h‘g%%%“wt signals and

subppetvdesihgrEllisliGa offchemels: seblefibdiaghe 9 1piRcAsiReshalel 12, the
a si gﬁl e band synthesis structure 72 to produce a
pl uCcshiEs Ghagpel 13y theplafisusaurchehanse] g athe. right surseimdbamonel 15 and

channel signals are; .|eft sub-band channel | Ia,
ri gh eq?ﬁfﬁ%ﬁ?f&y&%%ﬁ @ami@i&% center sub-band channel
13a, left surround sub- band channel 14a, and ri ght
surround sub-band channel 15a. The sum of al

cor [oaspORefehensSUIFIoRNdhE RaNTEL D §dn%5%-?s:e§ af('f}ﬁﬁ?le? sﬁr?hheesis Processor

singl e band synthesis structure s sent

r es peshichecwineptic tifainpet sigha) shad TR £6dndl¥% iR pair of Hi

resgectLve speakers. [0040] Each %% ?ﬁg g?ﬁgle-baﬁal igh

synt#sdiléers 03.uthaledisingat signel £ omt rightlimpbithyenal 6 are also summed up

predet er m B&d control paranmeters. This splitting up

i nt 8 AP PEPTY &t"é@gﬂpé’q%é’hé)?ss Blies-@Patd pradiice taey Loy Frequency

eac cY . .SAh- band further .processed for _a

ol u?gf%{tggu@% SutoHe *%requency can vary frgm SCO I§Iz to 200 Hz depending on the
speaker and subwoofer characteristics. A attenuation of 3dB may be performed to

normalize the loudness of the LFE channel 16.

[0037] Referring to FIG.4, the Channel Synthesis Processor 60 comprises of a
Band-Splitting Filter Bank 70 which receives the left input signal 5 and right input
signal 6 for splitting and filtering into a plurality of frequency sub-bands. Each of

the frequency sub-bands comprises a left sub-band signals 5a and a right sub-band

signals 6a.

[0038] The number of frequency sub-bands can vary depending on the processing
or computational power allocated or available. The more frequency sub-bands the

system has, the higher the quality of the reproduction.



sub- band channel signals can be referred to as Band

based steering. The preferred enbodinent utilizes

Band based steering to achieve better channel

separation and also allows for ease of scalability

with linmtations of conputatilfnal power by scaling

down on the nunber of frequency sub-bands. [0041]

Referring to FIG 5, the single band synthesis

structure 72 takes the left sub- band signals 5a and

t he [POhtTizUbfzabhdasd gigatls 5H6andth sGbbakPEighals G6a of each sub-
processes them and produces the sub-band channe

si grizng isghpedssesrhy: a sihgle beid syntliesiasichicarafab ptddwee a plurality of
t he r'qpt sub- band channel 12a, the center sub-band

charierbaid shanpelesignats,  Shr pubchad chamehsigep!c rankes subdand chamel

e A L SN T
| | i 8 i fyi he | ef : band
contil eI T4 5oy R XA By RPN of

of ~dbirbfosdihg BEE-BEHE ERENAEICi@alsTorh ' i :
i £ O G AT e AR ok AT SndP P SRYEGEs structure

genel2as sentusi thg rebectied butpub-chandissiogbatepbaiucendy |tBé tespective
right gain GLR The right sub-band channel 12a is
genéPeEH- using the right sub-band signal 6a and the

left right gain GLR [0044] The center sub-band

channel 13a is generated using the sumof the |eft

sub ' 5a.:.and e rlaht sub-band signal 6

o ¢ RoBEEactl Ur3ine A RALele b ilis SHERET ZhoRPeofitled by
be atddertahed c BubaéQr L8 | -

e S tnel PR BB R RE S Il ERERIRY of Meauency
I s genbindt extl hsiiigedchdreguencofsubiband lgdter g:‘r'&ebs’éﬁ%r a plurality of
signal 5a and the right sub-band signal 6a anplified

wi t Bubsbandotianed signals Gan be cefedueintof asrBavdrbaaedbbtedringd The preferred
using ri.ght surround gain GRS, The signal nmay al so be
fir?@b%¥F@WU§ﬂ€€SBVn@ ehaeeging toeichigvahgitdar fohamhebsepatation and

Ch MR8 Sl A D SRR pover b
subg [ : ' sulh-band si gnal 6a
anpﬁgﬁﬁggogﬁ?ﬁagﬁﬁgg%ggfggﬁﬁhégﬁgﬁﬁn fien further

anplified using left surround gain G.S. The signal may

al so be first
[0041] Referring to FIG.5, the single band synthesis structure 72 takes the left sub-

band signals 5a and the right sub-band signals 6a of each sub-band, processes them
and produces the sub-band channel signals which are: the left sub-band channel 11a,
the right sub-band channel 12a, the center sub-band channel 13a, the left surround

sub-band channel 14a, and the right surround sub-band channel 15a.

[0042] The sub-band channel signals are generated by Voltage controlled amplifiers
83 amplifying the left sub-band signal 5a and right sub-band signal with a plurality

of different predetermined gains from a gain control unit.



attenuated by 3 dB before being anplified by the left
surround gain G.S. [0046] The 3 dB attenuation of sone

of the signals are to nornalize the anplitudes of the
signals as a result of sunmng the |eft sub-band

signal 5a and right sub-band llsignal. [0047] The gains
fromthe gain control unit 80 are generated by

cal clobed)i DislefiReb-bas&@Hnad 1Ae 1@ t 8Rbarmesi

and right sub-band signal . Refse?‘frifcfwaé&}tj‘% | %I%f,t ftRbaricignal 5a
gai renddei righhgaiaGegl Bye dghfbubdhed chdatleihiio perRRgedGRinY the right
Adjg%Lnent‘ Cal cul ation (TDGC) unit 85. [0048] For

cal cPdendhgizntdaapsthedel bt gatth@ d. ef t sub- band si gnal

5a and right sub- band signal are buffered using an

initial buffer having a predeterm ned algorithm The

var PR % ol SRS Ehe s gt Toing TR of e et s
buf fipnedigs! ; t ' 08 .2 i
o anedgnuanes e bt Ll o o 98 BB g rsung

us edignal candfurtharbe uttaiia@daly 3 @PBElordiSeS: QnsdRakd by the mixers.
conpl i cated wi ndows such as hamm ng w ndows nay ge

applied if conmputational power is not an issue. The

buf f er ed T%gd wi ndowed signals are then accunul ated
and [¥al Tihs lefsurroymd swhrhand shanngh 144 pngdnsratednisingotht lsem of the

T nit 85.are the |eft accumu)ation valye M, 5b .
and H e gl RA i 4 i S -Heh enabe P g girround ga
| ef |t n tight .

acc ot b AT e BB L il B, T senal may o be
det giedtianenatd 1§ B B6ous O, |

t he _TDéC uni ttg85 to gen%?%ﬁem@%i&gﬁfk%qg Sanﬁﬁ%& Grs. The
ThesighigaimenduB-lamd ciikmehl 2 if Bérdcheed ugeNBEe at@d e left sub-band

using a first set of control paranmeters 91 in control
uni #i8nal-ppand thegighsaub-banfl sigoalt Gacdmplifiedrmeitle wr@id gain Gs and then
conprj.sin @h (Iieast g I ncrenment and/ or_decrenent size
D. Lt‘%ﬁ“sd‘%l gdiusiogi st suronad galie s or Thaifsiconl mgyt leo be first
| ef - ' a may .furth e represented by
+ aé%&?lﬁ%g? ?%e&i eﬁ e&’%&‘l%%ﬁpalﬁ%ﬁ?y%? ]ﬁg SHLO%: EdihtLe,
the initial
[0046] The 3 dB attenuation of some of the signals are to normalize the amplitudes

of the signals as a result of summing the left sub-band signal 5a and right sub-band

signal,

[0047] The gains from the gain control unit 80 are generated by calculations
performed on the left sub-band signal 5a and right sub-band signal. Referring to

FIG.6, the gains are generated by a Threshold Detection and Gain Adjustment
Calculation (TDGC) unit 85,

[0048] For calculating the Gyg and Ggg, the left sub-band signal 5a and right sub-
band signal are buffered using an initial buffer having a predetermined algorithm.

The signals are further buffered using buffer lengths varying typically between 5ms



buffer used for buffering the right sub-band signal 6a

and may be represented by IR+ aL | for the right
accumrul ati on value MR 6b. Where a is a control

parameter varying fromO to 0.4. [0051] For

calculating the GLR, Ge and @&, the left sub-band

signal 5a and right sub- band signal 6a are first used

to generiat e Phel GodterddOEipRIAtArONhYAl fan&T vJaKd&\)Géé Qsing  any of
Differential Correlation Value AD 18. The total

cor rpkdatérannacawindoAS. Rectamghldrivendalid ey 8ehéed! for low computational
correlation value AT 18 are then sent to the TDGC unit

85 WifBYE Yspe ortnpesewnplicaiet egindows sndh gialhanmdpgjstlms may be

| cul d | cul GLR and
Gs. Ee&sﬁwﬁ@%&d@w@z@i%&é? 7 il windowed signal

|Oa::I LN Ao Ahiy an«? %thﬁ-,ﬁgﬁ(fygppﬂgé th‘ﬁ’@%élﬁ a%i | Mhe TDGC
and yitaH3tars w- lpﬁ%g%l‘gl?lgé&%n \%ﬂ)e%ﬁ ufS;b]c tP Hﬁ:gccgtgnrﬂﬁl%ngvalue Mg

bef or e under goi ng ering of

typighal | y between 5n8 to 0.1s. The buffered signal s

are then further w ndowed using any of predeterm ned

wi ndows. Rectangul ar wi ndows may be used for | ow

conputatlonal power uses or nore conplicated hamm n

wi ndBige] r%e lefbageypruiatign value ddyp &b and @!mnglmmmulsuon ue My 6b
ered .and win d si

ar e PREEO s%&%ﬁ‘ﬁ&qﬂga ahq G aniniest ¢ \“ﬁwaargcess in the TDGC
o 1128 i PRl R LGP e TR AR Gk B are e

D|fferent|a rre

sub-gbadisted b @A a5‘ﬁ=kst| Bt SthiracLenEERM1A %oﬁtlr(g Eﬁl%t% ’ghe first set

sub-band signal 6a, then buffered and w nd

si miof eentrodparmmeles DF eoruymthiripomil gt dmtcenent ﬁlﬁl/@‘tde@ﬂément size D.
[0054] Referring to FIG 7A and FIG 7B, the detail ed
cal cul ations for calculating the gains GLR, Gc and Gs

oo KUY o et e g%%r&%??é kgfsEQISL%%ié%aﬁgm%ay frther
ol e ek " 2 Tofiee Tftimdfion elug Moy ah e the it

are adual, | increased towards the ideal gain

val QEler used fiery byficeing thesrighisubdaad gisngr 6a ard Bay e represented by

IR'*" aLI for the right accumulation value Mp 6b. Where « is a control parameter

varying from 0 to 0.4,

[0051} For calculating the Gy g, G¢ and G, the left sub-band signal 5a and right sub-
band signal 6a are first used to generate a Total Correlation value Ar 17 and a
Differential Correlation Value Ap 18. The total correlation value Aq 17 and the
differential correlation value At 18 are then sent to the TDGC unit 85 where the
threshold detection and gain adjustment calculation process is used to calculate Grr,
Gc and Gs. These together with a second set of control parameters 92 are used in

control units to the gains Gyg, G¢ and Gs.



channel when there is a strong center signal and vice

versa. [0055] The second set of control paraneters 92
conprises of. Ic value of increnent for the center

channel Dc val ue of decrenent for the center channe

Dsc val ue of decrenent for tHE@ center channel with

sl ow decay, which can be 2-5 tines smaller than Dc Uc
uppefoos)r endRFGulBhMEsi Rl 5 £ 81 St géﬁ?_B&gi sfi[fﬂa%el 298st summed up
threshol d value for center chanhel Sc ditference

bet weoretindengpiperoudiosing ofeniféleasho! hrva UepicdIBT between Sms to
center channel is value of increnent for the surround

chanthés. Timsbyfired sighaldare temefurthtowindvevesusingungy of predetermined
channel Dss:the val ug of decrenent for the surround
chantf@dows: Rectanguarqapdsys mmi bhussd foblewe@nputatiosal power uses or

smaller tha s upper, threshol d val ye f.or surround )
channer ﬂF%&%ﬁW@s‘m %Iw%él?a&'eg‘? ofPRiGH rib GeraP ARk power is
14 1 r ulfkdes Bt e, urper and | ower

t hr eﬁ%ﬁ EIJ S{I/(gl Sggs or tgLfr r o%%eg %ﬁa‘ﬁﬁ’gpw?(sﬁg{}%?ﬁrg ﬂ&Tn autocforrelated
| ncrg@eitratt Me THE C&tdlatRRdahief 1/£hannel  DLR val ue o
decrerrentraforethe Ieftaandar ie% channel [0056] The

logic flowin FIG 7A and FI G 7B determ nes the next

gain value by taking the current gain values and

adj US53hd'or genaratingethe Biitrgntiah ¢ arivdatiout Yalte Ao, thhéeft sub-band
auto-correlators: AT 17 apd AD 18, [0057] Referring to

FI Gs‘ﬁ}ig'aﬁ% 4 %rb‘?‘é?te oM Jgf ight owbdtangd heignah | Gautheni bulfered and

ar € 38w similar manner before undergoing auto correlation.

[0054] Referring to FIG.7A and FIG.7B, the detailed calculations for calculating the
gains Gy g, G and Gg is shown. The gain value is gradually increased to a maximum
. Wwhen there is presence of a strong dominant signal, whereas if there is no clear
dominant signal, ideal gain values are calculated and the gain values are gradually
increased towards the ideal gain values. Slower decay is introduced for surround

channel when there is a strong center signal and vice versa.

[0055] The second set of control parameters 92 comprises of:

Ic : value of increment for the center channel

D¢ : value of decrement for the center channel

Dge value of decrement for the center channel with stow
decay, which can be 2-5 times smaller than D¢

Uc : upper threshold value for center channel

Lc : lower threshold value for center channel

Sc : difference between the upper and lower threshold value
for center channel

Ig : value of increment for the surround channel

Dg : value of decrement for the surround channel

Dygg:the value of decrement for the surround channel with
slow decay. which can be 2-5 times smaller than Dy

Usg X upper threshold value for surround channel

Lg : lower threshold value for surround channel



If AT/AD > Uc Condition 1 IfGe<l Gc = G + 1lc End If
GR >0 QAR =GR- DLR End IfGs>0 Gs = Gs -Dss End
Else if Lc < AT/AD < Uc Condition 2 |If AT/AD > Uc -
GR*SC Condition 2a IfGR>0 GLR = GLR - (1.207 -

GLR) *DLR Eqn. 2.1 End Else i14 AT/AD < U -GR* Se
Condition 2b If GLR< | GR = GLR + (1.207 - AR *ILR

Eqn. 2.2 gEnd End  hiffofel{cABetvell the l@%gr* agﬁqov%qgrieglgf@ value
= - - qn. 2. nd
écsel {fGCAI'T'/ XDG_E weforécm&é“c%ég‘ﬁ‘é?ﬁ%n od | fGe<l

LR : value of increment for the lefi and right channel
D value of decrement for the left and right channel

[6056] The logic flow in FIG.7A and FIG.7B determines the next gain value by
taking the current gain values and adjusting them after analyzing the output from

the auto-correlators: At 17 and Ap, 18,

[0057] Referring to FIG.7A and FIG.7B, the logic flow of the calculations are as

shown:
If AT/AD > UC Condition 1
IfGe<1
Ge=Ge+1c
End
IfGig>0
Grr = G - Dig
End
HGg>0
Gs = Gg -Dygs
End
Else if Le < Ap/Ap < Ue Condition 2
If AT/AD > UC - GLR* SC Condition 2a
IfG >0
GLR = GLR - (1207 - GLR)*DLR Eqﬂ. 2.1
End
Else if Ay/Ap < Uc —Gp*Se Condition 2b
IfGp<1
GLR = GLR + (1.207 - GLR)*ILR Eqn. 2.2
End
End
If AT/AD > UC - GC * SC Condition 2¢
IfGe>0
GC = GC — (1 207 - Gc)*DC Eqn. 23
End
Else if Ap/Ap < Ug — Ge*Se Condition 2d
If Ge<
Ge=Ge+(1.207 - Go)*le Equ. 2.4
End
End

If Gg> 0



Ge Gc + (1.207 - &)*lc Eqn. 2.4 End End 1fGs>0 15
Gs Gs - Dss End Else if ADJAT > Us Condition 3 |If
Gs<l Gs=Gs+ls End If G LR > 0 GLR = G.R - DLR End

| fGc>0 CGc=Gc - Dsc End Else if Ls < ADDAT S Us
Condition 4 |If ADAT > Us - @R * Ss Condition 4a |f
GR >0 GR =GR - (1.207 - GCR *DLR Egn. 4.1 End
Else if AD AT &;6Gs-BR*SS Condition 4b 1fGR<1 GLR
= GR + (#,207 - GLR*ILR Egn. 4.2 End

Else if Ap/Ar > Ug Condition 3
IfGg<1
Gg=Gg+1g

End
IfGig>0
Grr = Gr —Dir
End
IfGe>0
Ge = G¢ - Dge
End
Else if Lg < Ap/Ay < Usg Condition 4
IfAp/Ar>Ug— Gp * S Condition 4a
IfGg>0
GLR = GLR - (1207 - GLR)*DLR Eqn. 4.1
End
Else if AD/AT < US - GLR*SS Condition 4b
IfGg<1
GLR = GLR + (1 207 - GLR)*ILR qul. 4.2
End
End
If Ap/Ag > Ug— Gg* Sg Condition 4¢
IfGg>0
Gg = Gg ~ (1.207 — Gg)*Dg Eqn. 4.3
end
Else if Ap/Ap <Ug~ Gg * S Coundition 4d
IfGg <1
Gg = Gg + (1.207 - Gg)*Dyg Eqn. 4.4
End
End
IfGe>0
Ge=G¢-Dge
End
Else
IfrGr<l1
Gr =G + L 1r
End
IfGe>0
Ge=Ge- D¢
End
IfGg>0
GS = GS - DS
End



End
Gs

If ADJAT > Us - Gs* Ss Condition 4c 1fG>0 G =
(1.207 - Gs)*Ds Egqn. 4.3 end Else if AD AT <Us -

Gs * Ss Condition 4d If Gs<l Gs = Gs + (1.207 -
Gs)*Ds Eqn. 4.4 End End 1fCGc>0 C&=CGc - Dsc End
Else If GGR< 1| GLR= GLR+IfLR End IfG>0 Ge=Ce-Dc
End 1fGc>0 Gs=Gs -Ds End 16 End [0058] Summari zi ng
the | ogi¥ad | ow for calculating the gains Gut, Gc and

Gs, when

[0058] Summarizing the logic flow for calculating the gains Gy, G and Gs, when
one of these sub-band channels are dominant, the gain for that sub-band channel is

incremented while the other two gains are decremented.

[0059] When Correlation factor Ar/Ap, is greater than Ug (Condition 1), the center
sub-band channel 13a is dominant and G is incremented while G,z and Gs are

decremented.

[0060] When value of the Correlation factor A/Ap is between Le and Ue
(Condition 2), the left sub-band channel 11a, the right sub-band channel 12a, and
the center sub-band channel 13a are exhibiting dominant characteristics. The Gy is
then compared with an ideal Gz value (Condition 2a, 2b) and suitably
decremented (Eqn. 2.1) or incremented (Eqn. 2.2) towards that ideal value. The Ge
is also compared with an ideal Gc value (Condition 2e, 2d) and suitably
decremented (Eqn. 2.3) or incremented (Eqn. 2.4) towards that ideal value. Gg is

also then decremented,

[0061] When Correlation factor A1/Ap is less than U (Condition 3), the left
surround sub-band channel 14a and the right surround sub-band channel 15a are

dominant and Gy is incremented while G g and G are decremented.

[0062) When value of the Correlation factor Ap/Ap is between Ls and Ug
(Condition 4), the left sub-band channel 11a, the right sub-band channel 12a, the
left surround sub-band channel 14a and the right surround sub-band channel 15a are
exhibiting dominant characteristics. The Gy is then compared with an ideal G
value (Condition 4a, 4b) and suitably decremented (Eqn. 4.1) or incremented (Eqn.

4.2) towards that ideal value. The Gg is also compared with an ideal Gg value



one of these sub-band channels are dom nant, the gain
for that sub-band channel is increnented while the

ot her two gains are decrenented. [0059] Wen
Correlation factor AT/AD i s ﬁreater than Uc (Condition
1), the center sub-band chardel 13a is dom nant and
GC is incremented while GLR and Gs are decrenented.

[ 006@ondition 4@ Wdpanf sdiﬁbly%’cf@h@téd@qﬁa@.ﬁ»)) br itfented (Eqn. 4.4)
between Lc and Uc (Condition 2), the left sub-band
chanigeards thay ideghealvd. olit issldo-themdecodmaamteell | 2a, and  the
center sub-band channel 13a are exhibiting dom nant
characteristics. The GLRis then conpared with an

decr B YR BB 3 Pl g e Al SR g chne 120
i byl 8E% AT e B Gn bl oSS NERERE o

decremented (Egn. 2.3) or increnented (Egn. 2.4)

towards that ideal value. Gs is also then

decriessshtedior fAOEAforVdTaR (Gad GaL,ahé It deaghwlhtiVaiR Ms 5b and the
l ess than Us (Condition 3), the left surround
subihhercamalation valne Mineb arhusadi iglebnjsuetionuith sheofitsaned of control
channel 15a are . dom nant and Gs is increnented while

GL R Pafgnegs 33@516%1& FeRBERtcs @1 thoprdstenmpmaed ingrgmenfiandfos decrement
Cor rvgiu@tokg} factor AT/AD is between Ls and Us

(Condition'4), the left sub-band channel | la, the

ri ght sub-band channel 12a, the left surround

sub- band channel 14a and the right surround sub-band
chanoeusb] Essendally, eaothofahé baigs doaisnar “ﬁihgbfé@ét&hﬁﬁédi iBérement and
The GLR is then conpared with an i1 deal R val ue

( Codaéremnent sdep sitdod, tedcmespaiding gden rheimgninedmeigd . till a Iihaximum
or incremgnted (El gn. 4.2) towards that ideal value.

The Ve3ee 380 Athey gangp heiay drprementgd tlbal m@mimym waluds7 when a single

(Condition.dc, .4 n uitably decrenented (Egn. 4.3) )
b PRolaRCEDA i{ 4108 o6 b S ihGSl e, sl il Pt being
(Col" t he . n eft .
sub Il ]%g%ll éﬂ%ﬁaﬁnﬁc&?&?’%ﬁgﬁﬁ% elée%? gﬁlxes\;%gq%ag%gw%%mg than single
12adedant channels are present. Furthermore, the gain of the surround channel being

decremented at a smaller step when a dominant center signal is detected and vice

versa.

[0066] Referring to F1G.8, the logic flow of the calculations for Gy and Ggg are as

shown:
If ML * Grs < Mg * Gig Condition 5
If Ggrg <0.707
Grs = Gps + (0.853 — Gpe)*D Eqn. 5.1
End
If Gg>0
GLS = GLS - (0853 - GLs)*D qul. 5.2
End
Else if ML * GRS > MR * GLS Condition 6

If G g <0.707



dom nant, then GLRis increnented while Ge and Gs are
decrenented. [0064] As for calculation of GLS and GRS,
the left accunul ation value M. 5b and the right
accunul ati on value MR 6b are used in conjunction wth
the first set of control pad8neters 91 which
conprises of the predeterm ned increnent and/or

decrenent val ue ofGIQ.m{;QS(lﬁ@'gﬁss_@Q%kgl ly, each qjﬁggaf
a

gains are assiigped with predeterm ried increnent

decr enment steq‘?}i ng% t he correspondi ng gain being

i ncrement ed t il PR&” Yaxi mum val ue and ot her gai ns

bei ng decrenent ed tFusl™ Grari H-F43m Gediiés when a sifqyl @2
domi nant sidimdl is detected at an input channel. The
gai ns of eaclEngut put being incremented or decrenented
towards ideal values cal cul ated when nore than single
dom nant channels are present. Furthernore, the gain

of féus7p Sumeisridinghatnepid AR fodeelQIRRE CthelloaRs G and Gy,
smal | er step when a dom nant center sighal isS detecCted

and Adcemulatien $actor] DOSE] Rebampeiedgwito Ft48080f Uhe an@0GG. When
flow of the calculations for-@GS and GRS are as
shovecumplatjpn factgrdylx/MyRs greates s i 1atio of Grs arid GRYGondition 5),

0.707 GRS = GRS+ (0.833 - Gas)*D Eqn. 5.1 End If GL5
O Bhaiinapmeiid (E4m s D vhile plerrengite (s adso |
M. * GRS > MR * (GS Condition 6 |If GAS < 0.707 18
Gs = GS + (0.853 - GAS)*D Egqn. 6.1

[0068] When Accumulation factor Mg/My is less than the ratio of Ggg and Gy

(Condition 6), Ggs is decremented (Eqn. 6.1) while Gy is incremented (Equ. 6.2).

[0069] The present invention provides a method of reproducing stereo audio on up
to 5 speakers and a sub-woofer (5.1 speaker system). Channel separation is
enhanced by processing sub-bands separately. Any sudden volume changes in the
output channels are tampered by using gradual increments and decrements in the
gain values of each chaunel. Transitions from one channel to another is also made

smooth with slow decays of gain values of each channel,

{0070] The method and structure is fully scalable to meet the computational
constraints of hardware used, Further more, since all the sub-bands processing
share the same structure, it saves the hardware size or code size depending on the
method of realizing the algorithm. Further more, the computational power required
is relatively small compared with the present state of the art that employs complex

logarithmic computation using DSPs.



End If GRS > 0 GRS = GRS - (0.853 - GRS)*D Eqn. 6.2
End End [0067] Sunmarizing the logic flow for

cal culating the gains GS and GRS, Accunul ation
factor MR'M. is conpared with a ratio of GRS and G.S.
Wien Accunul ation factor MRIRL is greater than the
ratio of GRS and G.S (Condition 5), GRS is

i ncrieorptiedyil BeRppcibledWhit ®irdsSnlodi t

5. 2)[. [8068] V\heﬁpAccumJl ation fagtag%%ﬁ/%%rl\%ﬁi @qjlré\s%g&ms can be
t harmadeebyreaparmonadkiliddsn archrGvithout depudiihg 6Bmbthe s&¥Pe dfSthe present
decrenmented (Egn. 6.1) while G.s is increnented (Eqn.
6. 2)Iventigne9] The present invention provides a net hod
of reproducing stereo audio on up to 5 speakers and a
sub-woofer (5.1 speaker system. Channel separation is
enhanced by processi ng sub-bands separately. Any
sudden vol ume changes in the output channels are
tanpered by using gradual increnents and decrenents in
the gain values of each channel. Transitions from one
channel to another is also nade snooth with sl ow
decays of gain values of each channel. [0070] The

met hod and structure is fully scalable to neet the
conmput ational constraints of hardware used. Further
nore, since all the sub-bands processing share the
same structure, it saves the hardware size or code

si ze depending on the nethod of realizing the
algorithm Further nore, the conputational power
required is relatively small conpared with the
present state of the art that enploys conpl ex

| ogarithm c conputation using DSPs. 19 [0071] It w |
be appreciated that various nodifications and

i nprovenents can be nade by a person skilled in the
art without departing fromthe scope of the present



invention. 20 Cdains | A channel synthesis processor
for a surround sound decodin% unit for processing
stereo audi o i nput having a Paf t i nput signal and a
right input signal for playback on a plurality of
channel s conprising a |l eft channel, a right channel,

A e8nt er channel, a left surround channel and a right

sirround channel, the channel synt hesi s processor
conprising; a band splitting filter bank for

recei ving, F|Ittlng and filtering the left and right
l-nputAs p’gemale |bmmdieas prageabdrt yorok Smle@u@n@wtsiu@em@ unit for
each of th frequ

compr rarsiging et St gl b GFERTTC el bt gt o reht inpu signa

sub- bpglagbanalna FuRlii & c'lﬁ%e@sfco%iﬂiﬁl@'abléﬁ‘é 1§1M1@I R Sh® channel,
structures Correspondlng to the | ural

f r equekeytes uhﬁtmahds!efteau h)uofi Cthheneskuamgl aerﬂghh dmwmtihéwnsei the
structure for recei qpthe corresponding left and

ri ght SREE! EHhesdy %‘ﬂ%ﬁsé‘f”f BM'eR€h of the frequency

sub-bands { inPsRR@ES NG wk%al&le%gg 'shl){tuﬁ{, R4 B1RARM the left
channels conprising: a sub- annel, a right

sub- banddrightaimpet sigaalcene er phiitp aridireqhaanelb- bemdb,eu‘:atch of the
surroynd..su and channel ,, and a r| t .surround .
Sub- oA SRR SOARr s ERG0ar s haeh i bayheikayid  right
struqhgqgnggﬁgmtses a gain control unit for

determining a pfurality of gain values conprising: G

R Cc, Gs,a (Edwal&mdo@sm,gleab“fmldusyallﬂndsys siﬁl(mn‘psl icbitesp:smﬂing to the

I t the | u d [ and
bbb et oep e o B gingladced nahras phicture for
sub- Q@Mwﬁ?f’%ﬂ@%bnoﬁﬂ%lﬁg , GbY R4 RiARRE, BRANREhals from each of the

respective
ﬁ'equency sub-bands for processing into a plurality of sub-band channels

comprising: a left sub-band channel, a right sub-band channel, a center sub-band
channel, a left surround sub-band channel, and a right surround sub-band
channel;

wherein the single-band synthesis structure comprises:

a gain control unit for determining a plurality of gain values
comprising:

Gyr, Ge, Gs, Grs and Gy g;

a plurality of amplifiers for amplifying respectively the left sub-band
signal and right sub-band signal with Gy to produce the left sub-band channel
and right sub-band channel respectively;

where,

Gur is left right gain; Ge is center gain; Gg is surround gain; Ggs is right
surround gain; and Gy is left surround gain;
wherein the gain control unit comprises:

a threshold detection and gain adjustment calculation (TDGC) unit for

calculating the plurality of gain values Gy, Ge, Gs, Grs and Gys;



where, GIt is left right gain; GCis center gain; Gs
is surround gain; Gns is right surround gain; and
G.s is left surround gain; erein the gain control
unit conprises: a threshold detection and gain

adj ustnent cal culation (TDGC) unit for cal cul ating

a's: 2t niieta®op PO BT e i sistals
sub-band sh@ad B wﬁ‘iﬁm&a% Ok [ BAOMbIIGubBEnd §tal@d¥ehr buffering:

right sub-band signals after buffering; means for
accumul at i Ayarshdol epeunadating ghe lslibashnighsi ghdland afigreds after

ana a e R RS RR S oS R kG el SR atbumutation
aut o- ¢QILE el akhdg the left and right sub-band signals

after buffering for producing a total correlation
val ue Ar andgagz dhf fgpentreiating dhe deéfatandnrighfasubebadd; signals after

ol ar PV 1 oGBS LO S o "o gt Gty corearion

synt hggjg gfructure are sumred up in a mxer for
reproduction in a correspondi ng channel of the

plurality wherehaensklosmespontimg sibrbaod mbiarsolsnd e phdalitg of sub-
unit.,2.. The channel synthesis processor in accordance
wt e h i T Sanes BIRERPd P RSP BE TP SBTNCdgrAR mixer
are f idrt€588udibnan Al GReRR3Rink! dhbBhel RELRY SIUPIIAF 6B SHAEels of the
3. Thelclﬁlgnnél gy%t hesieg&glr1('IJ1<§S"e('ssorC in ac gr d@rﬁce varll'tﬁso ©
cl ai murounerwidndebdbng efit. and ri ght input signal are
sunmed and filtered by a | ow pass filter to produce a

| ow frequency effects channel. 4. The channel

3ynt hegd SnBHECSRRREIs! PoRESHTAARES WY lath &, wherei —
wherein the ceén?y?ler lSSFJS(E)- banoi ?&anniﬁ&!\gﬁﬂb?lg ucléavgilem the left
sunmi agl tidhe inpef sigsalbrdbAlded bgnalghanes filtghicfore processing.

3. The channel synthesis processor in accordance with claim 1, wherein the left
and right input signal are summed and filtered by a low pass filter to produce a

low frequency effects channel.

4. The channel synthesis processor in accordance with claim 1, wherein the center
sub-band channel is produced by summing the left sub-band signal and right

sub-band signal before amplifying with Ge.

5. The channel synthesis processor in accordance with claim 1, wherein the left
surround sub-band channel is produced by the difference between the left sub-

band signal and right sub-band signal being amplified by Gg and then Ggs.

6. The channel synthesis processor in accordance with claim 1, wherein the right
surround sub-band channel is produced by the difference between the left sub-

band signal and right sub-band signal being amplified by Gs and then Gys.



sub- band signal before anplifying with GC. 5. The

channel synthesis processor ip, accordance with claim

1, wherein the left surroun ub- band channel is

produced by the difference between the | eft sub- band

signal and right sub-band signal being anplified by Gs

and then GRS. 6. The channel synthesis processor in

accordance with claim 1, wherein the right surround

Sub- band chharbeinthdiPpodeisedindyechiianed HitBranse] bRIMEANke left

the left sub- band signal and right sub-band signa

bei ng salrpdiidf siguhlbfirsGaindadodshigitiaGbs fe@Ry of7|L Ade fohanmeting the

synt hesi s processor in accordance with claim 1,

wher elgit abmintddtionsudubaid sidgtiel sgliti subtbanddegigbe$irst undergoes

initial buffering of IL+aRl for producing the |eft

accumnitiglityifevag ok Avt ¢f] fanaradneing thgreft seanpdaipnsialicdyls

first undergoes initial buffering of 12 + aLl for

produci ng the | &¢eaccumul ati on value M.; where, L

is the left sub i gnal : R is the right sub-band

signal; ais a %g%@gééﬁgg?gﬁgﬁgvmgarying fromO to

0.4. 8. The chaRrnethesint hesbamdui@egssor in accordance

with claim1, wherein the left and right sub-band

signal s are suntega berflor gagmetuchning fhentlde A14.

correlation value Ar; and the |left and right sub-band

signals are subtracted before producing the

gi f f eTROChalnet YniIRLAL Arofes YR Meichdafe WIE cERAM & herein the left

synt hesi s processor in accordance wth claim 1,

wher eurd ggliti subtbagdtsignafs monsumoledpfamairedsingsthased! tomelation

produci.ng G es . to.. The channel synthesis

pr oce§%18$ 4@\'1 %‘@@3&% Slﬁ@ e t“rghklsélg'r'ﬂaﬁ‘? SNBFe Pt QUERCtHq before

set Ofn‘og%lh%fﬂe REERABA 8bRclhfo98/e fAQ)  Producing G R,

GC and Gs. I . A nethod for processing stereo audio

i nput having a left input signal and a right i nput

Iog.gfjll‘ge]; glgan élﬁ%gﬁggﬁ 3?%:2?3’%[' gpr gclclmt'd%ngef wﬁﬁ%&?nell IS,’ wherein a first set
of control parameters is used for producing Ggs and Gis.

10.  The channel synthesis processor in accordance with claim 1, wherein a second

set of control parameters is used for producing Gy g, Ge and Gs.

11, A method for processing stereo audio input having a left input signal and a right
input signal for playback on a plurality of channels comprising a left channel, a
right channel, a center channel and a left surround channel and a right surround
channel, the method comprising the steps:

a. splitting the left and right input signals into a plurality of frequency sub-
bands, each of the plurality of frequency sub-bands comprising a left sub-band
signal and a right sub-band signal;

b. processing the left sub-band signal and the right sub-band signal into a

plurality of sub-band channels comprising: a left sub-band channel, a right sub-



ri ght channel, a center channel and a | eft surround
channel and a right surround_.channel, the nethod
conprising the steps: a. splﬂéting the left and right
input signals into a plurality of frequency sub-
bands, each of the plurality of frequency sub- bands

S, o ek Copt Sy aLLo Ry T R Puli e channel, ang

Si gnaituglﬁ’t(iuhbﬁndhﬂ)lfﬁanaléﬁaﬁ)@ﬂd S' gnal into a plurality
of sub-band channel s conpri sin a left sub-band

channel , awh¢rgintihe (a5t @81 rightriubdhachpighals arcleffeaed, windowed and

S0 Dl SNBSSk S P SN SUOL RN SNANSl o i

| eft ardmbi-gbh velubMianRdd si gnal s are buffered mnndomed
and accunul ated for resEdFtlvely producing a | eft

accunul at i & lofaland right sabdaad sigghls aradbotfoet atiimtowed and auto-
t ., sub- band si

but TG oV A Aoy Aoltdtlogofgpion value Ar and @
r espegifieiealiyl dBHeRUEH WalR AQkal correlation value Ar
and a differential correlation Value An; and c.

sunmi g upSUG“&mth ofp tdeh adche esm)@‘lpdmdlgg phuaiabu(tfysubfband channels
sub- b nd c 1els for reprod ion.in corr ondj ng
channial SBroR RS I Ao B e P e b Ryt Bl

in accordance with claim111l, wherein the left and

right input signals are filtered by a high pass

2. | t efhebefetod ipr ameskineg with3claifnd lpptieodn i the deft amdamgie input
W th cIa m 11, wherein the left and right input signa

are d and filtered by a |OMIpaSS filter to

prOd%@ﬁﬁme@Wy%rh%M?égQﬁEt@me? %goc% hapnel . 14. The
met hod in accordance wth clai erein step b.

conprises: bl. anpllfylng respectlvely the left
ub- bgnd s h
53 bﬁ he mctllgc? in accox cmcengtth clalk;n 11, wherein the left and right input signal
are summed and filtered by a low pass filter to produce a low frequency effects

channel.

14, The method in accordance with claim 11, wherein step b. comprises:
bl.  amplifying respectively the left sub-band signal and right sub-
band signal with left right gain Gy to produce the left sub-band

channel and right sub-band channel.

15. The method in accordance with claim 11, wherein step b. comprises:
b2, amplifying sum of the left sub-band signal and right sub-band
signal with center gain Gc. to produce the center sub-band

channel.

I6. The method in accordance with claim 11, wherein step b. comprises:



band signal with left right gain Gl, RR to produce the
| eft sub-band channel and right sub- band channel . 15.
The method in accordance witH claim1l, wherein step

b. conprises: b2. amplifying sumof the |eft sub-band
signal and right sub-band signal with center gain Cc.

to produce.{ he ©€f. SHh-hand _channel .. 16., The. o
met Eod in %%cor%ﬁ@?z@ﬁ% cﬁﬁmg & R \ﬁﬁ&fg?lﬁ)-ga(ngpsi@_al and right
conprises: 24 duB-baadRldrhy by eudhinderance a!ﬂ@trV%*h?@uﬁ'&lﬁxd Gps to
| eft sub-band signal and right sub-band signal by

surround gai n GBOdy¢ the ghtsugarrbinhchbagdchartngl. produce

the left surround sub-band channel. 17. The method in
accordance with claim1l, wherein step b. conprises:

M. arpid hythagitickbeiarnceitbetineen Wigeihalch bsbbhnhangd

signal and right sub-band signal by surround gain Gs _
and | eft g r oatepliiBg dotferpnaschetiecanttbe tdfghtb-saudrstgmabiand right
sub-hand channel, .18, The nethod in accordance wth

claim 11, wher e PR Sf%‘ﬂ gi&ﬁ‘-‘%‘ﬂﬁdg@} %Fn‘*]?ﬁ%?”m“_nd Gis fo
undergo an ini tgrgduclWhd @gHtRGr&ind ubbafdRhdn@f), pProduci ng

the left accumulation value M,; and the right

sub-band signal first undergo an initial buffering of
8 Thrapashs B RE0ERER el | LRGSR gt SukBnal ne

i ghtg; - J\ -y t Lol f ter - _
aonuigb Ban LAY yleuansnnt e PARETE Blpgpe e o

with a%!)lﬁjll.%t:l'(;ﬂ véﬂ’ﬂ@%@%e ﬁit’tﬁe ll‘l%g%sﬁ)%janrdi Sﬂgﬁc}i gﬁ%{ Lpn%i%fjgo an Initial

signal s are sunezne ore p ucing t

cor r edustetign oV 1 @LWO':‘ pRiidcipend BftaccrdndatdriOiiuesyb: band
signals are subtracted before producing the

differenti al where,
L is the left sub-band signal;
R is the right sub-band signal;

o 1s a control parameter varying from 0 to 0.4.

19. The method in accordance with claim 11, wherein the left and right sub-band
signals are summed before producing the total correlation value Ay, and the left
and right sub-band signals are subtracted before producing the differential

correfation Value A;.

20, The method in accordance with claim 19, wherein one of the gains Gir, Ge and
Gs, 1s incremented when the sub-band channel corresponding to one of the gains

Gir, Ge and Gyg is dominant while the other two gains are decremented.

21. The method in accordance with claim 20, wherein Ge is incremented when
Correlation factor A/Ap is greater than an upper threshold value for the center

sub-band channel.



correlation Value An. 20. The nethod in accordance
with claim19, wherein one oé the gains Glt, G and
Gs, is increnented when the db- band channel
corresponding to one of the gains G _a, G and Gs is
dom nant while the other two gains are decrenented.

T d. t wh Ln
Iésl- | n?l?ee@ﬁ{b% n Wﬁcc Ccﬁl%or ;ﬁgl%agl%{‘{'énn'ﬂpa&%g@%%ﬁ /ﬂlj%ri%{%l%m% when

gr eat @srrélhdgen BBt PREX,, tsheaeshal ah vghdiehfeeold REluE et BE surround
sub-band channel. 25 22. The nethod i n accordance

wi t h b 2banngherein Gs is i ncrement ed when
Correlation factor Ar/Ao is |less than an upper
threshol d value for the surround sub-band channe

Z3. Thie methbodn hdtorRESS (AR CRinM20NwaER[MheE QaindiTg! ﬁ,eGB and Ggare
the gains GR Gc and Gs are SU|tany decrenented or

| ncr ewtﬁlplédie@r@mﬁnf@é oaHiclegeeatedgaivardy an L@abgml@v@ue of1r, Ge and

cor r egho p%ﬁ Ay geatnth%‘{jlggf ﬂ’g Suébﬂlqg éﬁ (glegggn%mg B the g gains

dom n@nt G-24d Gthedemidaad i n accordance with claim 18,
wherei n Accumul ation factor MR M.. is conpared with a

ratio of Gas and Gs, and Gts is increnented while Gs

cr nted when the. Accunul.ation.factor ‘
12 or % Ermpn e RE b, Fuh SIS R eREl i fetor Mom,
met hqgl cbﬁhpé&%@ QAR eRI W T @;{ CArdl M 18nd ’(Yﬂ? e in@rcgeﬁtédswhile Gs is
decrenented while Gl 5 is increnented when the

Ac cu rdsplcmnanredf \ahé'tno‘lhe Mice/uvtlatips fiatasMiidn it greateathiao thofatio of
656 A channel synthesis processor for a

surro ﬁd”@ #id decoding unit for processing stereo

audi o input having a left input signal and a right

i nput signal for playback on a plurality of channels

Xonprilei mgthadliefat,ccaﬁfawne/vi;h alaim gISt \Adahmimé}m is de@embﬁred while

chanﬁg . aleft Surfou hannel . %Q

chan Ig 1S tll’H}éemelltC wiei th ccumu Eltl()il ElCtOI R L lS SS t an the ratio

of GRS and G;Is.

26. A channel synthesis processor for a surround sound decoding unit for
processing stereo audio input having a left input signal and a right input signal
for playback on a plurality of channels comprising a left channel, a right channel,
a center channel, a left surround channel and a right surround channel, the
channel synthesis processor comprising;

a band splitting filter bank for receiving, splitting and filtering the left
and right input signal into a plurality of frequency sub-bands, each of the
plurality of frequency sub-bands comprising a left sub-band signal and a right
sub-band signal,

a plurality of single-band synthesis structures corresponding to the
plurality of frequency sub-bands, each of the single-band synthesis structure for
receiving the corresponding left and right sub-band signals from each of the

frequency sub-bands for processing into a plurality of sub-band channels



channel synthesis processor conprising; a band
splitting filter bank for %%|V|ng splitting and
filtering the left and rlght i nput signal into a
plurality of frequency sub-bands, each of the
plurality of frequency sub-bands conprising a left

sub- b?&ﬁ(}ﬁél?@@[ Pt%-% d&gli}netl szll’lltiJ htE ban ﬂlagge[ a center sub-band

pl urali ft He'st ruc

cor r esipondl, ng 1dfo stuh@undp kul-Bridt }éhzﬁlfnelf r@QUeNEht surround sub-band
sub- bands, each of the single-band synthe3|s Sstructure

for ?@%@Pwlng the corresponding left and right

sub- band Sk’v%m%ln th ferigim su E%Q%(? c[%}nﬁglf lsgfge ggﬁgl}lsgfggﬁh g?fg gﬁb-band

for processing In

26 cggmﬂhﬁunghﬁa%gﬁg&n$yQ band channel, a right
sub- band channel, a center sub-band channel aleft

surround swbeisEnde eighimbtband sberact isghnersiad tsinp the right sub-band
sub-b nnel ; .wherein the | eft sub-band channe
& gal ng fé?t ﬁ&htgﬁigl ﬁ . .

'S gen%rate Pt sub-band signal with a

left rightwlakeh G BitcWIgF-8hMt ERANEN o ®Bd l?)?na‘iimlmmig the left
channel is generated u5|££ the right sub-band” signa
a

wi t h subrlesind spdnghanglanight GitRbangdrregnel w:thh@emengm CGgub- band

channel |s rod b ‘ -

si gnal and"” ?‘ﬁ'ﬁ’t PP& %‘51‘?8@?%‘&3{“&&1"5‘?{1‘3 ISchﬂ L@F‘?g&iﬂ}? difference
Ce;  whawebmtht et bef-banduifrRUR suk-shebdné B@Héﬂqllltﬂ # surround gain
produced by the difference between the |eft sub-band

S|gna@samdaﬂg@hmngumiQENQESJgnal wi th a surround galn
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di f f egigee@cdBtivRen tﬂehl%fﬂ £bibagd Q:gﬁ@lnﬁdsﬂlgﬂ%lub %@ﬁ’d Eigg%]t with the

sub-band signal with the surround gain Gs

surrdww@ugégmn@hsmdaﬂdﬁﬂmemmd@aeaﬁh”amdrespondlng

sub- band C\Df crlrQ[%I &acl fcoxtrgs%o lhlrjlgra%lué) H:)anc? channels of the plurality of sub-
band channels of each single-band synthesis structure are summed up in a mixer
for reproduction in a corresponding channel of the plurality of channels of the

surround sound decoding unit,

27.  The channel synthesis processor in accordance with claim 26, wherein the left

and right input signal are filtered by a high pass filter before processing.

28.  The channel synthesis processor in accordance with claim 26, wherein the left
and right input signal are summed and filtered by a low pass filter to produce a

low frequency effects channel.

29.  The channel synthesis processor in accordance with claim 26, wherein the
single-band synthesis structure comprises:
a gain control unit for determining the values of Gy, G¢, Gs, Grg and

Gis.



band channel s of each single-band synthesis structure

are summed up in a mxer for,reproduction in a
correspondi ng channel of the%& urality of channels of

the surround sound decoding unit. 27. The channe

synt hesi s processor in accordance with claim 26,

wherein the left and right input signal are filtered

by a high pass filter before processing. 28. The

shann®he syminblesinghepik PERSSOF it AccdERAEHAIE &1t 1Y, elhaidit the gain
26, wherein the left and right input signal are

QIR HNE RRMPTIS¥ered by a | ow pass filter to produce a

| ow freque aff a g X ne . i
synt heai's. prisBelEft el Bt EPEMARYG G0 wnit fo
wher ecdlcitlittng B pahdithangnis yalubes] s Gt Gyt Urad G g;
conprises: a gain control unit for determning the

val ues of wWeaR forputienng tmyleliand rigthgib-tzpd sgoalsThe

channel sy IS _processor 4 cordance with claim.. .
20 wher o RetRaosaRHESER R LT RF R ST Pty o Bhtrering
threshol d gletigctborcamshigaion tadjlerst RNtighalsablbahd Qgnals after
(TDGC) .unit for <calculating the plurality of gain

val ue¥indperingdor prsiuciors 1efhacoaimsyation aakic M artsig fightiaagimulation
the | eft d_rjght sub-band signals; nmeans for
\Mtﬂki@%%ﬁﬁh%] eft and right sub-band signals after

buf f eri ng; medfRans L0b-cassiimd akd N e di@fitsudshnli GMals after
sub-band signals after w ndowing for producing a left
accunkiBringnonpipdecing a tadaldoreliighvalae dumnd atdibmentisdboreclation
Vh; apg nmgeans for auto-correlating the left and right

sub- baid §iPynal s after buffering for producing a

total correlation value Al and a differentia

correlation Value AD. 31. The channel synthesis

Pl oc eBlyoehannelayobesiamoeestiot bn atcaidaneo withvidaie 30, twieerein the left

| eft
sub-band signals first undergoes initial buffering of

L+ oR| for producing the

left accumulation value My; and the right sub-band signals first undergoes

initial buffering of ]R + e for producing the left accumulation value M,

where,
L. is the left sub-band signal;
R is the right sub-band signal;

o is a control parameter varying from 0 to 0.4,

32. The channel synthesis processor in accordance with claim 30, wherein the left
and right sub-band signals are summed before producing the total correlation
value Aq; and the left and right sub-band signals are subtracted before

producing the differential correlation Value Ap.

33, The channel synthesis processor in accordance with claim 30, wherein a first set

of control parameters is used for producing Ggs and Gy,



sub- band signals first undergoes initial buffering of
| L+aRl for producing the |Ieft accumulation value M.;
and the right sub-band signal®s first undergoes

initial buffering of I R+ aLl for producing the |eft
accunul ati on val ue M; mhere L is the Ieft sub- band

8, gnalr cRBnhdl {yﬁﬁiegig MCebssH P gld%'l(%nalih cl? ﬁn .:ﬁlh\gllctem a second

contro paraneter va yi ng rom

channglt ofyaitiod puampledCie iS@l fok Prodacial dRR0E: Mhd O..cl ai m
30, wherein the left and right sub-band signals are
sunmed before producing the total correlation value

A aﬂqnéigt?%{"o g)["oc%g]sqn%%gj% agdt up Ui ﬂ?‘f‘%@%ﬁ“ff 1é1|pul s15nal and a right

subtracte uci ng

cor r einptu sigha‘i/&brttﬁay%@c k 88a pﬁh@flt?fb@f&ﬁﬁ{neﬁ)’d@hﬁﬁﬁ ng a left channel, a
processor i n accordance with aim 30, wherein a first

set Behtesmnebla gsarsrbaraekandss ¢fear tpomd ghraodelcindg 1GRS surround
and nné hﬁgﬁM1d‘%nﬁg%H£mh ﬁéﬁtheSIS processor in

accor dance’ w % a second set of

contral pasphnkicahs ldfSaddsesht iigfut BiRsN edo 9 R4ty GF f@aﬁiency sub-
Gs. 35. A nethod for FFOCGSSIng stereo audi o input

havi nlgmgs |cath of Hsurluig]igneli fregvaney subgtnds Forpprtisisg griell sub-band

for p a plurality of channels conprising a
| eft % anné#a“ mjugéﬁpggﬁg hel, a center channel and a

left tgurr B@Eeﬁhgrﬂlﬂ,ﬁieft&ﬂ@ Rand |s%'ﬂ§tl &Hirt'h@lﬂ&‘ﬁt st@%ﬂe&tgnal into a
the net ho nEr|S|ng the steps: a. splitting the left

and ritlgatityi Qf -bghgy n}aﬁn@e Smrpmpasxpt,ua 5ifi tup-tehd fchape mayght sub-

sub- each of t urall f. fre

sub- &%ﬁ@?%ﬂ&ﬁ%@ iy Ut i Rl oG R pnd,ghannel, and
r|ghni@gbgﬂamgﬂ%mgqghdcﬁﬂm@goceSS|ng the |l eft sub-band
signal and the right sub-band S|gnal into a plurality

of sub- barnthestianhelst sonpnidsihagnel as kefaratedibsibgnide left sub-band
channeg| nd channel, a center sub-band

chann8¥MIW“[5?$£§éﬁﬁﬁﬂh Lisub- band channel , and

wherein the right sub-band channel is generated using the right sub-band
signal with a left righ gain G x;

wherein the center sub-band channel is produced by summing the left
sub-band signal and right sub-band signal with a center gain Ge;

wherein the left surround sub-band channel is produced by the difference
between the lefl sub-band signal and right sub-band signal with a surround gain
Gg and a right surround gain Ggs;

wherein the right surround sub-band channel is produced by the
difference between the lefi sub-band signal and right sub-band signal with the
surround gain Gg and a left surround gain G; and
C. summing up each of the corresponding plurality of sub-band channels

for reproduction in a corresponding channel of the plurality of channels.

36.  The method in accordance with claim 35, wherein the left and right input

signals



a right surround sub-band channel; wherein the |eft
sub- band channel is generateﬁgusing the left sub-band
signal with a left right gai f"Gl, R, wherein the right
sub- band channel is generated using the right sub-band
signal wwth a left righ gain GR wherein the center
sub-b 1) 1 Yel¥ Py, sunm ng the left
ub- bana S ik PR B R el it
center gain Gc; wherein the left surround sub-band

hannel is produced by the difference between the
g%f t SUbIBERE 1 pesosdanamithickin Subhbiiutheilgfhatd vghttingut signal
surro ' =1 Al lL.ght sw.round gain Gas. -
wher e%dﬁq? %g{ ?iaélﬁ?illggeg{r%u# sé%sﬁq E@tﬁb%c?{gﬁﬁcéjl a foyr frequency effects
produgeaedndly the difference between the |eft sub-band
signal and right sub-band signal with the surround
gain Gs and a left surround gain G.s; and c. summ ng
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accordance with claim35, wherein the left and rlgﬁt
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bef or , sing. . 37. - The t hod..i n,accqrdance, with
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| ow frequency effects <channel. 38. The nethod in
accor@asedoniViafuechai m 35, wherein the left and right
sub-band signals are buffered, w ndowed and

accurmul ated for respectively producing a |eft
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Mh; and the left and right sub-band signals are

buf f esied| finkindodeego amd iratidl obwisring| at ¢+ aR| for producing the left

accumulation value My; and the right sub-band signal first undergo an initial
buffering of ]R + aL] for producing the lefi accumulation value M, ;

where,

L is the left sub-band signal;

R 15 the right sub-band signal;

o is a control parameter varying from 0 to 0.4.

40.  The method in accordance with claim 38, wherein the left and right sub-band
signals are summed before producing the total correlation value Ay; and the left and
right sub-band signals are subtracted before producing the differential correlation
Value Ap.

41, The method in accordance with claim 40, wherein one of the gains G g, Ge and
(s, 18 incremented when the sub-band channel corresponding to one of the gains

Gir, Ge and Gs is dominant while the other two gains are decremented.



for respectively producing a total correlation val ue
Ar and a differential correl %tlon Value Al). 39. The
met hod in accordance with clai’m 38, wherein the |eft
sub-band signal first undergo an initial buffering of
IL + aRl for producing the left accurrul ation val ue
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aCCunﬂbﬁéllaﬁkbh ﬁl@fdﬂ@h%w is gﬁhzﬁélet,han bn |u§pé1hﬁlelsl‘ﬂflﬂ vaMbhame center
signal; Ris the right sub-band signal; a is a

cont r b %ﬁ&ﬁ@t@} varying fromO to 0.4. 40. The
nmet hod in accordance with claim 38, wherein the |eft
and right sub-band signals are sunmed before
$r.oduChargneiiitrl oh@ordz@td Oligt £18in Al WheAin ;GaRAnERRented when
left and right sub-band signals are subtracted before
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The accordance with claim40, wherein one of
t he ngtbnrbs%&fpa F and Gs, is increnented when the
sub- band channel correspondlng to one of the gains
@r,t, GC and Gs is dom nant while the other two gains
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in accordance with claim4l, wherein Gs is iInhcremented
when G@efrandiisondemoror A /A) is less than an upper
threshol d value for the surround sub-band channel.
44. The nethod in accordance with claim4l, wherein
491e gRiNSeBoRin eoRRHcCHiB cBimSIY, R\ﬁ‘l@k‘)[n Q%&E&ﬂﬁﬂ&@éw%ﬁ g/llg/M;
i ncremented towards an ideal gai n val ue of

is compared with a ratio of Grg and Gis, and Gps is mc:ememed whlle Gig is

decremented when the Accumulation factor Mp/M| is greater than the ratio of

G[{s and GI,S-

46, The method in accordance with claim 39, wherein Grg is decremented while
Gy is incremented when the Accumulation factor Mp/M, is less than the ratio

of GRS and G[‘s.



Gs when nore than one of the sub-band channel s

corresponding to the gains Gl,R Gc and Gs is

dom nant. 45. The nethod in accordance with clai m 39,

wherei n Accunul ati on factor t/M_ is conpared with

aratio of GRS and G.s, and S is increnented while

Gl,s is decrenmented when the Accunul ati on factor

MR/ ML. is greater than the ratio of GRS and Gls. 46.
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is decrenented while Q@us is increnented when the

Accunul ation factor MR' M PLLAYB%EKt han the ratio of

GRS and Gs. 31 A SYSTEM AND METHOD FOR EXPANDI NG

MULTI - SPEAKER PLAYBACK ABSTRACT [0072] The present

i nvent ABSERAE€TSes concerns of reproducing stereo

sounds wth up to 5.1 speaker systens. It al so

addr espes2]t ke besed Blertioal @bickdel ¥ohdtmst & éﬁro@ﬁcin stereo sounds

conputation and nenory usage. The present | ventlgon

adopt swithlupi to hargegrocgsisineg It alsl ddivessdsd fherigRk of scalability in

frequency bands to be steered separately. This

advant %5805 Fompeiaiiey ard metmosy ussiga el presma iatenton adgns multi-
nore . t han. .one i nant signal at any tine

t here ar dom n .

As thel%r?an‘brg?esﬂflg fiP @&‘8%@?‘%’@% &quenel rhapdsety be fsicered separately.
anbi guit: ' L ed, as _t he chanc of the
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signals is further decreased by I ntroducing slo

of suringuasds, thé gmblguitwlof etdiigts irédvded AIMHBARINES BE 8l dominant
signal, and vice versa. This is based on the

assunpiané fellinginiaibe diffdrentdreignancy beidyriatrsases. eTheisbns dtmultiple
al | tidmas. [[0073 FI G 4 acconpani es the abstract.

omunant signals is further decreased by introducing slow decay of surround

signals when there is a dominant center signal and vice versa. This is based on

the assumption that not all dominant signals are active at all times.

[0073] FIG.4 accompanies the abstract.



