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] wot e specifically, it is
related to the detecting the directional cues fromthe
stereo audi o signals and reproduci ng sounds with
AISYYTEMAND METHOD FOREXPANDING M1 Fh&PEAKER
Background of the Invention [0003] Milti-speaker
systems are wi dely avai PAA¥BAKudi 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 nmulti-nedia
experiences than traditional stereo systens. However,
re |arge quantities of stereo audio content
Iﬁd@ﬁgfh%éa ePNst ock and al so currently being produced
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systens to give nore |istening pleasure than
straightforward stereo playback. [0004] Many net hods
have been devel oped in attenpting to better render the
st dpeQ2] ddierspeaificalhy, itus relited tnythendetecting ithet dicect piesd icuessfrom the
to create a surroundln sound field. Anong the nany,
at tsé‘?’F‘ER audiorgigyals gid TsprodHeing spynds Withasurioyndifg sffects utilizing more
t| o‘?‘% bet ween two signals should be placed at
the V{[eF @it and out - of - phase information should
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 geperated by subtracting the
first and second input channels. Al the output
channel s are gain-controlled. The gains are derived by
c orhpaweeang twd esigmalsmslaoudd thee pdcdd et ethe ecaitert frent and out-of-phase
| ogarithm c val ues of the absolute values of the two

i npoformpternshouldhrmishedity the reaers then are used to
snooth out the rapid fluctuations of the gains.

[0006] Ef forts have al so been made on achi evi ng better
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tnem%aée e assunpti
' S é&ﬁio\’to%\?r \REME]SO UFHéUéy s§h9 RkeliseQ ¢ atgaﬁr‘icon’trﬁllédsﬁrst and
patent 4,862,502, Giesingér developed a simlar

Sy seedndvinpit chariel ® depgard 4 first andyees:Rl owputacithnhelw HaAsed output
filter to snmooth the gains. In US patent 5, 666, 424
anchan®h 8, Sacrateldygeanebinisg sheafise and St%@ogldcmp@ﬁ channels.t A fourth
control the out put a%al n of each channel of these

deVis lggeperaten &y isufctpg Fhecﬁ%ﬁtfbse(wn% irtn% changgls. All

todbe SRt SheRBlsSeed Galniinfelioa n i ih€ hEl iy vy omparing the
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separ ation, e relative conput at1 onal cost

r aiiMd sHARs. sm@ﬂmtgsﬁltérQ @KL%] ar§ayeartel snitfe baPtRNapidaflEtuations
concentrated on decoding stereo audio into nulti-

charftled gainsdi 0. | nstead of ainming at better channel
separation, other effects that altered the stereo
content m xers' intention were included. In US patent
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made the sound effect unnatural
6, 1R8:18p41 a SnilacsBRnYSitR Shlse logsﬁﬁ;hnabpﬁﬁﬁ(ﬁpirﬁi oy pass filter to

filtering the difference between the two input signals

an d;mmﬂpt?w gains. In US patent 5,666,424 and 5,666,640, Fosgate uses a servo logic
circuit 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 souhd systens for

mul ti-speaker rendition of stereo audi o content that
achgep¥at (100 dughanpahl siepasalddn wildndd FrontdlBouad Gmage, but also
scal abl e conputati onal costs. Furthernore, present
devehdspiine riosnd affectnomabedn bblUS paeuntf 4P8.826,i Cowidson generated
solutions. to input signals having nore than onge
dorspAt#tetiertgby) filtqripg dby differance betaveen theskvp puhsigyals and output
exi,sts, for a pet anpd stem for expanding multiple
spéi&'é?o%%%%qﬁgrgppﬂé%%% e problens or at

| east alleviate the I|imtations of existing systens.
Summary of the Invention [0010] The present invention
seqisosl WhiE fdretifle ydht RRaPicwRidpaitatsg ifptdvind und quality via
speaker playback. [0011] Accordingly, in one aspect,

t hechpneed sepparationeortotioen spumb/éftiess, the présentsthte of ind e §s still lacking
processor for a surround sound decoding unit for

pr dedsking gowndesystemsu firomultingngakeragndigom of efered ayslie content that
signal and right input sigpal. for playback on a .

pl g@%@ﬁﬂyg%ﬁ chihh ieh atw?tgsmwgn%l d4ndrealablg sRmpitagional costs.
ri e C | ef ry, . .
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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

f r 46QA9h Chheseforeh ambsd clwaply i existy) fer h eh¢thediland spsteni doraxpanding
and a rjght sub-band sjgnal; 4 a plurality of .

si igMErisasngaksy iipdeck that, oerepmes tae Prehierhar 8h least alieviate the

pl yralit f .frequency sub-bands, each of the

S| ﬂg}%@t@ﬁggg@ﬂ{%&gﬁt@%t 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 sﬂngle-band synt hesi s

structure are summed up in a mxer for reproduction

i n a corg plapdity bfiginglbdané by mhesiswtruptusadoirieypodtling to the plurality
channel s of the surround sound decoding unit. [0012]

| n efifeaguencyasypedands, et qiithsssinglebandsymitimsisstrocticeelor regeiving the
nmet hod for_ proces ingsagiereo audi.o i nput having a

| ef oriespanding 1gh and Halet syb-bpechiignalp fromsgagh af theohrequency sub-bands

pl ayback on a plurali f annels c rising a,.,eft
ehatih arceeSng fub 4 bl oo EBARLehdmER Bristig: 4 1 ispo-bana
sur Loht chianne!

ot Tl £ PR AN Rarb L ecfi Wt BIRCCIARAR, o Joff Quzpund sub
ri gdind ichéttel, ah@ B aikbt Sufto@ndsublBdndlchdnneRf frequency sub-
bands, each of the plurality of frequency sub-bands

conpr i siwiereinleadtt catdspdrming subkbane|chameblsaofi the Iplurality of sub-band
sub- band signal; processing the | eft sub-band signal

ancheprely pfgech single-bandaswitlpsty strygtereaars| swmmed ypoin a mixer for
sub- band channel s conprising:.a.lef ub- hand

o heRRER o G R RS hEThAEhe Plirddn oL EhAgnes 65 g surround
ch f1.surround sub- band channel, and a

rig ?ﬁ%g?$gh%&&gUb-band channel ; and summ ng up each

of the corresponding plurality of sub-band channels

for reproduction in a corresponding channel of the

pl yoed2] tiyn ambthehaspeet, she Bresaft iDestion provadespt mdtkod for processing
EXamAng;niools] A preferred enbodi ment of the present

i nvaiaree awdiginput haingelefignputfsignalanddedghtiibpd, signat for playback on

reference t he draw ngs of ich: 5 [0014] FIG 1
| IuBlirae of sharts tqoswgﬁm&adeé%mgk Antight cannghjaggnter channel
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Sysk&#¥: 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 FIG 2; [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 gain control unit of FIG 5;
[0020] FIG7A and FIG 7B illustrates a logic flow for
cal et F1Ieg1 HulStrales adanktional blb8Odibkraml & 8 tyPitdlss.| Qﬁlﬂﬁ-speaker
a logic flow for calculating GRS and G.S. tail ed
dessysiept;i on of the Draw ngs [0022] A nethod and system
for expanding multiple speaker playback with a
preferred enbodi nent is described. In the follow ng

descrj pti .details are, vi.ded to rlbe t
4ﬁgﬁﬁ%ﬂﬁrﬁtgﬁeﬁwwgﬁlaﬁp% st o pund Decoding

sk|é8j .in the art, however that the preferred

I'mMEnt may be practl 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[eo1s] fl6r3 Ridsteatood SuenindBbuné Dresdifigrenips -G of
reproduci ng stereo sounds with up to 5.1 speaker
systens. It not only serves an alternative nethod for
the curr t hods, but also offers a solution for
i rrﬂP?)Véﬁ ’Zﬁ‘é‘ifat%%ghﬁ@f} AynihesinPropesser A Gsr e t han
one dom nant signal. It also addresses the issue of
scalability in ternms of conputation and nmenory usage.

i e IS RO e B

steered separately. This advantageously achieves
better channel separation when there are nore than
ond0eti®in &t illastgated a gain aonytraliume of REG.5t he nunber of
frequency bands increases, the anbiguity of decoding
i s reduced as the chances of the dom nant band

[ oobAEP 16 P et Rt & REY  Bfnd G 6B G

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 rriay 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 signa
at a center channel with diafog will have pauses

bet ween words and sentences. |If a dom nant signal is

pr epesd] Thistpiefet8d efibodimhtal RGHresses 'the Yieblemasn ?Htpﬁodﬁ'binlg stereo
not be conpletely nuted within a short period o

t i neundswithr um tes b dvspdaea sy stemsts dtl notwbnlg seees bh @Bernative method
faster recovery during the inactive time of the .

c enfos thectirentmethods bef alsp pffersnmselitiomEpr dppraved chanpel separation
been. cl ai ned to be_capable of m xin nfa”“ - ann

el .
audBeT i< dicemety il i (R0e Healdadiipaey the issue of

i nt . OF ] 4 f . [0027]
Coriepifaiep i iebr ighdgriofyA Ry L)

0. 707C+0. 7075 7 where Lt and Rt are the left and right
channels after the encoding, L, RR Cand S are the

| ef [00p24]i Thd preferddesmimidinaiiradopts dnwlticbané lpsoceddivgy whalkev different
of the surround channel is normally shifted by 90
degireqienest brrdsetaclrlbtagred [sopa8slelyThel lde cduaniegepndy exshieves better
will take a matrix as L |1 | GL GR R - GRL GRR X Lt

C G&l@n&@wm@ GREN ESFe G Ree @ansonerlonyy .S@;api ARy me. As
322’%18in%%%%gﬁgéafeﬁgi%%(jdes:énc\é\rﬁ?'clisleﬁgﬁve pg%}t{f %lfld(e)(\:,gdlr}l% 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 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. 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=C X (Rt + Lt) S=Gsx(Rt-Lt) where G, 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 inplts. Mathematically, it is

i npossi ble to reproduce the exact original

MUl Wher€ DAGHIER! a2d ghe Qef® BEE ribht dhatndReATer th BtboliEOL, R, C and S are
stereo. Rather an approximation of the origi nal  audi o

si ghelldt, irighd eentee dnd aremind rchamrelsa The phsdengt the sarrouraidehannel is
The nost conmmon assunption will be that there is only
onecgaailnshittedlop?Qdegseefreddre gncading. gi ven tinme, which is
often not true. If there are actually nore than one

dom nant signal at a particular tinme, the assunption

i le, if
vt e RabBPbRERS MR EBE s ana & dor nant

surfounfigsi gnall at the sanme tinme, nost of the decoder

willl | ipstea ut u ting a center signal and a

sur r% Bi gglad X fll1 - out put a left signal and a right

sigma| .| @,[ 0630] |Hi¢ preferred enbodi ment splits the

|n U|s gnal(sj ilnto a nunber of frequency sub-bands.
regtienc§ ‘sub- band is then processed by a

synt hesis structure. This synthesis structure can be

r e%ﬁ&e @yls aild aﬁm O o F%%%&Jﬂ Br fh2 e der BY1 ﬁ%@ﬁﬂfo@ﬁng

out(peg {Hﬁ synthesi s structure for a
sub-"bands, " nmulti-channel output is then sent to

t he speaker system [0031] In each of the single band
synLhQ§|>g;Llstructure the left and right outputs are
obt md? the left and right inputs with a gain; the
&l % Is obtained by the sumof left and
r| g(ﬁFGvauR@M)th a gain; the surround outputs are
obt (:q% ége di fference of right and left inputs
aga ins are further applied to the two
surround outputs to steer the surround information
between | eft surround and right surround. The

syivhessiGy, &trr Gt @1deGs G Hiengainy Evathe dlefte sighbreenter and surround
f ee%annelfs 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.
For 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 functiona

bl ock diagram of a typical 581 nulti-speaker system

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

| t Spoase]i Pheé Préfebd Idnboditfent| 8% GROTiAPEE 3BnARdinES™Y nlufiber of
their respective audio 35 and video 36 decoders. The

out freueheyosuli-bandei daoch deqaaey sdb-basd ish@en pedtiessed B a synthesis
di splay unit 20 for providing the visual inages. The

out gtncture.o rhhishsyndhesisostistuwrd ern 36 revsed hy alldhe fieguency rrab-bands.

left input signal 5 apd right input signal 6 fromthe
dec%ﬂ H‘e’é‘f’%‘% e outpptsolremnthe mynthesis eI for gl theesub-bands, the

SR HERBH Y aC Bel i TS 1 put

signals and produce a plurality of channels each for

pl ayi ng on a respective speaker in the 5.1 nmulti-

spe@b®r] Biyatieof th kingle Hahé siithedit iseicthiiathd leftabeighBoutputs are
sitting at an optimum |l ocation wll be able to enjoy

t heolgaiged by dbelleft uintighttinpitaydth 4 prinuhh centethowtpst. i obtained by
mul ti- speaker system 9 [0034] The plurality of .
chahaerm ofsit apd sight Bwups with® 2 thee Sureaipd uiRpss yire obtained by

c P Pt of i o PR T Sk Bl GRS Torfiegpplcd (o the

surgau [ -

chaﬁ@e%‘ﬂrlogﬁa?)s% Fﬁ%\%@f %ﬁitﬁ?%@i gig err ﬁ,}%ﬁ%&;}éﬁé E%g%urround and
t herighplatretind. UrtiResy ntIRRR keecuR SHtAiRY RiEnslo8isttion and feedback
Decoding Unit (SSDU) 52 that takes as input the left 5
andmec¢hghisms to ogittol sil gread gaias dTheprandofash frbquepty subl-band for each
of channels: the left channel 11, the right channel )
12,outpl ix geguéated: farangh gralual insrdnednt andr decremienth émrayoid rapid
14, .the right surround channel 15 and the |ow

f r SHRWPNES f ect channel 16 [0036] Referring to FIG 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 32
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) 50.

[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 multi-

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 th® Low 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 nay be perforned

t 0 [00caH] THid plaralibeof chadinds thadvotldebel gty editanhe respéctively speakers
[0037] Referring to FIG 4, the Channel Synthesis

Pr csedelb ch@mek bhypight ekanoél 2, cBaterdclBphélt 3, heft Futrownd channel 14,
Bank 70 which receives the |eft _input signal 5 and

ri ghghti shtaund s chamel oS¢ and showt Freayensyd Bifactse(LRE) i ¢hepnel 16
a plg&%%ﬁé of frequency sub-bands. Each of the

fr e§Uency“2ub- bands conprises a | eft 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 qoesss i Rferrif t6 OFIGL AtHeOBSDS PSOVEirtiddr! @&s04 Surround Sound
avai |l abl e. The nore frequency sub-bands the system
hasDedodmgHimhe¥SD WS 2ythat tiakes asfingut ¢her lefirScdatght A infd signals and
[Oosgéﬁghe | eft sub-band signals 5a and the égght

sutupdirgs dhegnbrditp pfgthasngly; theleft ghasgel 1, 3he glpnpel 12, the

o e et 1S B o el 1 e R S8 el 15 and
1 o B R LbIC  onter Sub- band channel

13a, left surround sub- band channel 14a, and ri ght

surround sub-band channel 15a. The sum of al

cor[oessp dxfeming soBIGaANthe SEDTNEL compriatssa Channek 8githesis Processor
i ngl e band synthesis structure 72 is sent to the

Si
re hicly eecoivespthe lefi anpus|signaloS bed rightriopuiceignaby vihe pair of High
SRR TR i SO0 A 8 2
pr t ] .r ol. rangt er This splitting u

SR 00 RESATEL S i L B HESAG prcncs
eaqlyrdcieq %f@ Qhtott PreBaRy fobf VRS frbth 30855 €6 206 HAdepending on the

plurality o
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 achi eve better channel

separation and also allows for ease of scalability

with limtations of conputatl®onal power by scaling

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

Referring to FIG 5, the single band synthesis

structure 72 takes the | eft sub- band signals 5a and

t hef0039§ HFheslefi-sob+bdnd isignalk Sa Gad die Bgltsubbbadsigobls 6a of each sub-
processes them_ and produces the sub-band channel

si il 4s mRpesreddiyen single bpred syndhasisn siripturn gdrfe| praducg, a plurality of
chatheind shintpl S8 PR Segtird cret) SRS s TP iipga chamne

he i.i ght - .
e It ol AlaRtLugleE 2000, B0 Sepld Sl B Bl st
COrgan@! dhesheR MBh] hhEkight Sdraiial hftvbdrd ¢Hagndlefsh. sutbeband of all

signal 5a and right sub-band signal with a plurality

of abrespmding sobéded ehannoledggids fismfdacinsiaglgadbhand aynthesik structure
unit. 11 [0043] The |eft sub-band channel 1la is )
genirigtseat tes thegresprstive foutpig hchoameds & §ea¢prodncedrhy thef tespective
right gain GLR The right sub-band channel 12a is
gen®FEEY 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

suljooddfnthchi 8N ahe Sdn@BBatd esg"nﬂﬁgfs $HBeiRRd 751 9RAl coifolled by
Wi th center gain GC."The resulting signal can further

be ptdewithiedcconytoBpatEmbRfOr Thib &bliging AipSidkd d%hﬁdlit?ym{ frequency
m xers. [0045] The left surround sub-band channel 14a

i s sybibenditand having gatthFregencyfult-band fuether robessahibr a plurality of
signal, 5a and the right sub-band signal 6a anplified

wi tSHbband shanaelgugngls @a berigfernsd fo pe Pand basgsieering d The preferred

P oot vRb e s s sticine Loty et PiofelSpefion and

ri 0 i o - b-qht .. sur -
(Sl OSSRt AR LU Wover by
subschlgfatiowsi @Bk nBAba st fhddBerdydab-basd; band signal 6a
anplified wth surround gain and then 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! signal. [0047] The gains
fromthe gain control unit 80 are generated by

cal foodat Tiieft spebhml ¢MREn& N 16 e géiRfdedtihd Mo def is@nBindsgnal 5a
and right sub-band signal. Referring to FIG 6, the

gai ael leftt eigtyegem &% gdTleyright Enb-bahd clshnRelt BXatis ganezatell Gangnthe right
Adjustment, Cal cul ation (TDGEC) unit 85. [0048] For

cal whtband pignalife apd thedpfy rigtgain G-| ef t sub- band si gnal

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

initial buffer having a predeterm ned algorithm The

L0 T PR AN B R o
bufa6ahnal N dStharight E’Lﬁﬁbzfddrsli%}g] 6ME QLR YSih Y. e resulting

of predeterm ned windows. Rectangular w ndows may be

us edigrfabcar fawherdrgutteatdtaiial 3 dBdefre bEiag corsoliddted by the mixers.
conpl i cated wi ndows such as hamm ng w ndows nay be
applied if conmputational power is not an issue. The

R bALE o S GH T n of
T it 85 the,l ef l.ati . 5b .
0% o e At e SRR bty Vi ound s
| ef ' e ight :

|16, RCUBURALADMNPGHe A, ABDBU e s may st b

detfaet dtRAuaedibg3ids Wdhro SLiNBAplifite bl ahé YIFhDSRARAE ghil Grs. The
the TDGC wunit 85 to generate the gains S and .
Thesght garnmdGuiSbamdichaRsel d & isfgenetated usipe ier sune df khe left sub-band
using a_first set of control paraneters 91 in control

uni signal Fnandrthe Hghtsub-barg sigah Op amphitied Wethesugrogad gain Gs and then
5. Rob8of wfiied AR 4t FPE deacdror B PaMngey pUO be first
| ef < [ . d b
 © dnlieqBrS dRRgy bR b PO ReUs R e TR o

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 Detéction and Gain Adjustment
Calculation (TDGC) unit 85.

[0048] For calculating the Gy s and Ggs, 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

accunul ati on value MR 6b. Were a is a control

paranmeter varying fromO to 0.4. [0051] For

calculating the GLR Gc andl&s, the left sub-band

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

t o gengrat eri baffeded Cophad akd Qhery FubBerAlviddovddd w@ing any of
Differential Correlation Value AD 18. The total

c orprede¢rimmedvwsindewA TR dctarguthr tWirdove thiyebeeuset dbr low computational
correlation value AT 18 are then sent to the TDGC unit

85 RAVEX diseheor mereceomenligaigdt windpwn suehl ag diamming vendews may be

cal cul.ation process is used to,cal cuyl at , . CC.and, .

o, PPHBL IS PrBRER gobt & b b o ethedpul g gy Windowed signals
ar L efr. ' . Qi '

G OBl el i e TR C i 83, The Mo el B TDGC
andyid §5re SHéle R ABANSII SRR vaAR ¥ St drddSthe S ELuMRlation value My
bef ore undergoi ng buffering of buffer |engths varying

typbcal |y between 5n8 to 0.1 Is. The buffered signals

are then further w ndowed using any of predeterm ned
wi ndows. Rectangul ar wi ndows may be used for |ow

conput atjonal power uses or re conmpljcated hanmm ng
wi ribdsl #&3@‘%@3 qtiog V?Pe%nggt@éi%agh%wma on e My, 6b

ar QPR o SR on gl el Pl LR, Bp S i e TDGC
o 1 Sl Bl e i AR G p g PRSPl Hd s e futher

sulpebemattd byiughgla (B8t de8 oS edtiioR par@thefefsOIM int@ntrbIAkits. The first set
sub- band signal 6a, then buffered and w ndowed in a

si mflcantrotmaraerctdye P b cemprisieg gtdeasy a incrana andbaddécoament size D.
[0054] Referring to FIG 7A and FIG 7B, the detail ed
cal culations for calculating the gains GLR, GC and Gs

hﬁﬁ%ﬂ*ﬁ@ﬁaf ﬁ‘iﬁeé \{ﬁ%!%‘y g‘i‘@@%’{f’i‘g ?’Iaf’l 1|8% %F‘%%’S‘?ggﬁqlﬁgﬁ%w further
> LR e B G S, B e i

ar adual i.ncreased towards the ideal gai
o tytler S0 Aok ot R Sfenl iR ctetel 5o g £ e represented by

|R+ aL| for the right accumulation value My 6b. Where « is a control parameter

varying from 0 to 0.4.

[0051] For calculating the Gy g, G¢ and Gg, the left sub-band signal 5a and right sub-
band signal 6a are first used to generate a Total Correlation value Ay 17 and a
Differential Correlation Value Ap 18. The total correlation value Ap 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 Gyg,
Gc and Gs. These together with a second set of control parameters 92 are used in

control units to the gains Gyr, G¢ and Gg.




channel when there is a strong center signal and vice
versa. [0055] The second set of control paraneters 92
conprises of. 1C: value of increnent for the center
channel Dc : value of decrement for the center

channel Dsc val ue of decrenddt for the center channel

with slow decay, which can be 2-5 tinmes smaller than

DC [9652) TIRPIBH shbLbSRING ] SRhMEri SR SutsBAH S grfah 80 B first dammed up
| ower threshold value for center channel™ Sc difference
betbufe® underguing ebufferink bobeffert fehgthb olaglyingltysicalfyoibetween Sms to
center channel is value of increnent for the surround
chahhe| TheDbuffered sigudls aechemBmthef rindoveedsusingo amyd of predetermined
channpel Dss:the value_ of decrenent for the surround
chaWEPW; Rectaagulay viadews man be HsedfAr loav compytatignal power uses or

gﬁrlpérle?:]c&tngﬁ%%tﬁi patﬁﬁw%u&&@{)w% H{)%yz H%: gpﬁjx?pﬁg cff)%)&)utational power is
SUrg@URGSERAME subfhedShlidd LLANGRARLMI R B HBR Shtocorrelated
an

 ower threshold value I'LR DL or surround channe
val to@efdrafciihé ToRNCorrélatisldesAt 120d right channel
val ue of decrenment for the left and right channel
[0056] The logic flowin FIG 7A and FI G 7B deterni nes
the next _gain value by taking the current gain val ues
andO8%R] uari g?ger@mwﬁhafglﬁpreahdl 8@@1@&%&1@9 tAoutl 8 thenleft sub-band

thesiganléi TR’ glfblt%tct%ﬁsﬁorﬁ-rth%7rigﬂtd s&[—)ba:lln% signal 6a, then buffered and

windowed in a 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
when 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

Dc : value of decrement for the center channel

Dgc value of decrement for the center channel with slow
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

Is : value of increment for the surround channel

Ds : value of decrement for the surround channel

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

Us : upper threshold value for surround channel

Lg : lower threshold value for surround channel




[0057] Referring to FIG7A and FIG 7B, the logic flow
of the calculations are as shown: If AT/AD > Uc
[fGc<l &G = G +1c End If LR > 0 GR = GLR - DLR
End 1fGc>0 Gs = Gs -Dss End Else if Lc < AT/AD < Wc
If AT/AD > Uc - GLR*SC If 3R > 0 GLR = GLR - (1. 207
- QLR *DLR End Else if AT/AD < Ut -GLR*Sc If AR < 1

AR = G-§ + (1. 2074iffelchéd Bdrtvbenane uﬁsuil ana iov&e}'/t}ﬁ@stbkwalue
GC * Sc 1TGe>0  ChuFaffund Charll -

Iir : value of increment for the left and right channel
Dir value of decrement for the left and right channel

[0056] 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 Ar/Ap > Uc Condition 1
IfGe<1
Ge=Gc+1c
End
IfGig>0
Grr = Grr - Drr
End
IfGs>0
Gs = Gs -Dss
End
Else if Lc < At/Ap <U¢ Condition 2
If AT/AD > UC - GLR*SC Condition 2a
IfGg>0
GLR = GLR - (1 207 - GLR)*DLR qul. 2.1
End
Else if Ay/Ap < Uc —Gir*Sc Condition 2b
IfGr<1
GLR = GLR + (1 207 - GLR)*ILR qul. 2.2
End
End
If At/Ap > Uc—G¢ * S¢ Condition 2¢
IfGe>0
Ge = Ge—(1.207 - Go)*Dc Eqn. 2.3
End
Else if At/Ap < Uc — G¢*Sc Condition 2d
If Ge<1
GC GC + (1 207 - GC)*IC qul. 24
End
End .

IfGs>0




Else if AT/AD < Uc - &G* Sc IfGe<l G = GC + (1.207
- &)*lc End Condition 1 Condition 2 Condition 2a
Egn. 2.1 Condition 2b Egn. 2.2 Condition 2c Eqn.
2.3 Condition 2d Egqn. 2.4 End 1fGc>0 15 Gs = Gs -
Dss End Else if ADJAT > Us 151 fGs<l Gs=Gs+ls End If
GR >0 GAR = GR - DLR ENd
Gs = Gs — Dss
End
Else if Ap/At> Ug Condition 3
IfGg<1
GS=G5+IS
End
IfGig>0
Grr = Grr — Drr
End
IfGc>0
Gc=Gc - Dsc
End
Else lfLs < AD/AT SUS Condition 4
IfAD/AT > Us— GLR * SS Condition 4a
If Gir>0
GLR = GLR — (1 207 - GLR)*DLR qul. 4.1
End
Else if AD/ AT < Us - GLR* Ss Condition 4b
IfGr<l1
GLR = GLR + (1 207 - GLR)*ILR qul. 4.2
End
End
IfAD/AT > Us-— Gs* SS Condition 4c¢
IfGg>0
GS = GS - (1207 - GS)*DS qul. 4.3
end
Else if Ap/Ar <Ug— Gg * Sg Condition 4d
IfGg<1
Gs=Gg +(1.207 - Gg)*Dg Eqn. 4.4
End
End
IfGc>0
Gc=Gc - Dsc
End
Else
IfGr<l1
Grr = Grr +I1r
End
IfGc>0
Gc=Gc—-Dc
End
IfGg>0
Gs = Gs—Ds
End




[fGc>0 Gc=Cc - Dsc End Else if Ls < ADDAT < Us If
ADAT > Us - LR * Ss If GLR> 0 G.R = GR - (1.207 -
GR*DLR End Else if ADDAT < Us - GALR*SS If GLR< 1
GR =GR + (1.207 - AR *ILR End End If AD/AT > Us -
Gs* Ss 1fGs>0 Gs = Gs - (1.1207 - Gs)*Ds end Else if
ADAT < Us - G * Ss |fGs<l G = G + (1.207 -
Gs)*Ds gfnd End 1fCGc>0 Gc=CGc - Dsc End Else

[0058] Summarizing the logic flow for calculating the gains Gyg, 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 At/Ap is greater than Uc (Condition 1), the center
sub-band channel 13a is dominant and G¢ is incremented while Gig and Gg are

decremented.

[0060] When value of the Correlation factor Ap/Ap is between Lc and Uc
(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 Grg value (Condition 2a, 2b) and suitably
decremented (Eqn. 2.1) or incremented (Eqn. 2.2) towards that ideal value. The Gc¢
is also compared with an ideal G¢ value (Condition 2¢, 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 Ar/Ap is less than Ug (Condition 3), the left
surround sub-band channel 14a and the right surround sub-band channel 15a are

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

[0062] When value of the Correlation factor Ap/Ap is between Lg 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 Gyy is then compared with an ideal Gy
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




If GR<1 @R =GR+ ILREnd IfG>0 & = & - Dc
End IfGs>0 Gs=Gs - Ds End Condition 3 Condition 4
Condition 4a Eqn. 4.1 Condition 4b Eqn. 4.2
Condition 4c Egqn. 4.3 Condition 4d Eqn. 4.4 16 End
[ 0058] Summari zing the logid7flow for calculating the
gai ns GLR, G and Gs, when one of these sub-band

chagnalsicl &, dﬁiﬁd@ﬁﬁtﬁb&h@ecﬁﬁé&h@d%qhh@@% sHhchRangted (Eqn. 4.4)

channel is incremented while the ot Wo gains are
deapearivtied ideaDRH. (hldoahéedatdntontddact or AT/ AD i s
greater than UC (Condition 1), the center sub-band
channel 13a is dominant and GC is increnmented while

G.R and ar e
[0063] \%en the left sub-band channel 11a and the right sub-band channel 12a are

dominant, then Gy is incremented while G and Gg are decremented.

[0064] As for calculation of Gy g and Ggg, the left accumulation value My, 5b and the
right accumulation value My 6b are used in conjunction with the first set of control
parameters 91 which comprises of the predetermined increment and/or decrement

value of D.

[0065] Essentially, each of the gains are assigned with predetermined increment and
decrement step sizes, the corresponding gain being incremented till a maximum
value and other gains being decremented till a minimum values when a single
dominant signal is detected at an input channel. The gains of each output being
incremented or decremented towards ideal values calculated when more than single
dominant 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 FIG.8, the logic flow of the calculations for Gig and Ggg are as

shown:
If ML * GRS < MR * GLS Condition 5
If Ggs <0.707
Ggrs = Ggs + (0.853 — Ggg)*D Eqn. 5.1
End
If Gis>0
GLS = GLS - (0853 - GLs)*D Eqn. 5.2
End
Else if ML * GRS > MR * GLS Condition 6

If Gy s <0.707




decrenented. [0060] Wen val ue of the Correlation
factor AT/AD is between LC and UC (Condition 2), the
| eft sub-band channel 11 a, the right sub-band channe
12a, and the center sub-band channel 13a are

exhi biti ng dom nant charactdgistics. The GLRis then
conpared with an ideal GR val ue (Cbndition 2a, 2b)

and suitably decr i ncrene

(Eqn. 2.2) t%d é’tshaﬁ}w dg@? val U E?kD?'he |srilj L8
conpared wit i deal CC val ue (Cbndltlon 2c, 2d) and
suitably dedférented (Eqn. 2.3) or incremented (Egn.
2.4) towards that GgealGryalUds3-66ri)$D al so t hen Eqn. 6.2
decr enent edénd 0061] When Correl ation factor AT/AD is

|l ess than Usgf{ondition 3), the left surround

sub- band channel 14a and the right surround sub-band
channel 15a are dominant and Gs is increrrent ed while

or réﬁyﬁi S Ghe Eeﬁow[ 206 2hic\hety lgan%f d.R€and Ggs,

n factor AT Dis between Ls and
( Conebubrivletioft) factoh ®14/84;t isSedinpaded withannetio lofl Ggs e G s. When

ri ght sub-band channel 12a, the |[|eft surround

s ubAdrandlglvarfacbr Mﬁé\/lgrscgreatt@‘ tharytht ratior ofdGyachnd Wh s K€nudition 5),
channel A 15a are exhibiting dom nant characteristics.
TheBsirincsenenisd Egppaibyhig G1s iaAesrermantedFan. v@)ue
(Condition 4a, 4b) and suitably decrenmented (Egn. 4.1)

or increnmented (Egn. 4.2) towards that ideal val ue.

Th t
o s N 5 1 g .
\CoRdRIgAg)e GRS( fs@Berethefitbd (E@N\@' %S’VHIEEGL '1§ﬁ@feniéﬁ{ed‘€]§qn 6.2).

GC is al so then decrenent ed. 3] When the |ef
sub- band channel 11 a and the rlght sub- band channe
12a are dominant, then GLRis increnented while Gc
and0@g9] afke me%ﬂnémmtm prpodesd maghofled reprpduging stengo gadio on up
A8 apd GRS, | eft ac l ati on val ue b and the

1 dRe> SBEARRES 504 on S OSIeRF 6 SH‘?"@%%&‘WB(L cepyation is
W t r
RTTRIEN il AR T T

deJuRPRthannels are tampered by using gradual increments and decrements in the

gain values of each channel. 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.



val ue of D. [0065] Essentially, each of the gains are
assigned wth predeterm ned increnent and decrenent
step sizes, the correspondi ng gain being increnented
till a maxi mum val ue and ot her gai ns being
decrenmented till a mini mum &l ues when a single

dom nant signal is detected at an input channel. The

gai f i F NG

P 7R 1t 338 e A ot e e g R lnd, RS RS can e
dorthad By £passiedkslledria iy 86 fithoutépirfing fohtthetsdepdaf the present
of the surround channel being decrenented at a
smaihvertiost ep when a domi nant center signal is detected

and vice versa. [0066] Referring to FIG 8, the logic
flow of the calculations for GLS and GRS are as shown:

If ML * GRS < MR * G@S Condition 5 If GRS < 0.707 GRS

= GRS + (0.853 - GRS)*D Egn. 5.1 End If GS > 0 GS =

GS - (0.853 - AS)*D Egn. 5.2 End Else if M * GRS >

MR * GQS Condition 6 If GLS < 0.707 18 GS = GS +

(0.853 - AS)*DEgn. 6.1 End |1fGRS>0 Egn. 6.2




GRS = GRS - (0.853 - GRS)*D End End [0067]
Summarizing the logic flow for calculating the gains
GS and GRS, Accunulation factor MR ML is conpared
with a ratio of GRS and LS. When Accunul ation factor
MRFM. is greater than the raDo of GRS and GS
(Condition 5), GRS is increnented (Eqn. 5.1) while

d s decrenented (Eqn. 5.2). [0068] Wien
Accunul ation factor MRFM. is less than the ratio of
GRs and GLs (Condition 6), GRS is decrenented (Egn.
6.1) while S is increnented (Eqn. 6.2). [0069] The
br eseAt chamelnisyuathesis ombckssora fore tahsarraindr epursld decoding unit for
stereo audjo on up _to 5 speakers_and a, sub-woofer . .
(5.1 RPeRIBE stejeq awdio inpwhhAvng adefhinnut signalsand g mgly dagyt signal
by prpocessjng sub-bands arately.. Any sudden voal u
ohahoE B bEke RN o ERTsR i H ERgt § i channel
gradual .. .i.ncr i gt he: ' I
o " cobisehPERRIREL 3 RACARARA"RALRL B’ SFighb Sl Hiincl, the
anot hganhél s¢hthesifPdesso@digtismgt sl ow decays of gain
val ues of each channel. [0070] The nethod and
struct ure a barfduspliytirec ltebbankt for meetving) apkiting umdtfilenag the left
constraints of hardware used. Further nore, since all

t he s Hghidinppt sigaalsinty 2 plyealidy tofefreguencys sulrbengse cagh; of the
saves the hardware size. or code sjze pendi ng on the .
ot hoRIUBHtY ShFeatengY EHs DAoL TS T et @i @ right
con‘pug;u%gﬂa%?%%n@ov\er required is relatively small

W

conpare he present state of the art that

enpl oys copph@Xlity! 888hbleltzhd SAMRYK kRS g ding to the
19 [0071] ﬂylvm Iltly be a%pr eci as?ieid that vari ous elpoliding

modi fplaadllitpesirajidntygubebaads; rhch ofthe biiglertmnd stithesis structure for
person skilled in the art without departing fromthe
scoperecdiving ¢hep cersesponding) ledh and migh Sub-band signals from each of the

frequency 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 each corresponding sub-band 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.

2. The channel synthesis processor in accordance with claim 1, wherein the left

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




Cains 1. A channel synthesis processor for a surround
sound decodi ng unit for processing stereo audi o input
having a left input signal and a right input signal

for playback on a plurality of channels conprising a

| eft channel, a right channel2l a center channel, a

| eft surround channel and a right surround channel,

the channel synthesis processor conprising;, a band
splitting filter bank for receiving, splitting and

411t eThd¢hahhd siyethbsis prodedsbbitactsasticeStigNéhini D Wheéein the single-
plurality of frequency sub-bands, each of the

pl ur abandysyothes$is sguameycompistands conprising a |left

sub- band signal and a right sub-band signal; a .
plural i ty ®gaBceRfrad upiifer dslerminirg aplyralificel gaisvalues comprising:
correspondi pg to t lurality of frequency

sub- bélﬁﬁg%’ g;é’c(ﬁRscﬂngteCﬂéPsi ngl e- band synthesis structure

for receiyi e [ -1 gbt

sub- band s%/ ﬁg?lgtpf ?fg%{lélg%ﬁgg& %}ﬁ%ﬁf?{‘n%e% eﬁf:lga utgg l:l)%fﬁ 5‘slb band
for psgeessd Aght fibbafd Rlgdaiakith G, Rfto pritulamst ReBeadd channel
conpriSing: a left sub-band channel, a right sub-band
channald right sebabard chabnmdb assgectivhignnel , a [ eft surround

sub- band channel, and a right surround sub-band
channel ; wib¢rei n each correspondi ng sub-band channel s

of the pluralj af , sub- band channel s of each, . .
si ngl e- ban usvﬁ%/fh@gl?tsgagl; SFRICE AN G feTapng gi; Grs is right
m xer [ 8Rro ti. 1N correspondi ng channel of

t he p? UPa (iitgy b@%ﬁéﬁ%%ﬁssugsqﬁeam‘surround sound

decodi ng unit. 2. The channel synthesis processor in
accordance with claim11, wherein the left and right

5.nput Tld ¢hadhelakthtsis beicedobin @cchidgitePists clhinh e whbeinothe center
processing. 3. The channel synthesis processor in

ac cor sidrmad wihaimet lisa prodiicedivbye rsemming thel kefit subalreaddrsigyiat and right
i nput signal, are sutmmed_and filtered by a | ow pass

fil t evubthand signalcetore amplifingyiteficy ef f ects channel .

6. The channel synthesis processor in accordance with claim 4, 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.

7. The channel synthesis processor in accordance with claim 4, 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 Gg and then Gy .

8. The channel synthesis processor in accordance with claim 4, wherein the gain
control unit comprises:
a threshold detection and gain adjustment calculation (TDGC) unit for
calculating the plurality of gain values Gy g, Gc, Gs, Ggrs and Gi;

means for buffering the left and right sub-band signals;



21 4. The channel synthesis processor in accordance
wth claiml1l, wherein the single- band synthesis
structure conprises: a gain control unit for
determining a plurality of gain values conpri sing:
GR Cc, Gs, GRS and GA.S; a @RRurality of amplifiers
for amplifying respectively the left sub-band signa

and ri ght - I I
R

res pect | VemngansWhg Qccumﬁlalﬁng Stheefelft anghtightaisib-b&d | signals after
center gain; Gs is surround gain; GRs is right

surr ownniogfmgfpr producshga iedt dcefnulation valnel Mjaaml a BghtTdveumulation
channel %[the5|s processor in accordance with claim

4, whealeg #e center sub-band channel is produced by

ORI B AR T VR SIS o MR
si gnal be
\?\%gtr giﬁ‘lﬁf‘féﬁlg rf?l‘é@?&&ﬁn%%‘tgﬂa‘rf] gi%ﬂg)g négﬁé ﬁgl%hg'arqlﬂ’erentml correlation

produggde Ay, t he difference between the |eft sub- band
signal and right sub-band signal being anplified by Gs

and then GRs. 7. The channel synthesis processor in
accordance with claim4, wherein the right surround

Sub- bBrrichanasl senthiess mreetssasdinhaccendancei Wlﬂelcbm‘;eg béhergir the left
the left sub- band signal and_right sub- gqnd gha

bei ngSURnaA sigeals fiystaiidgregey wdtipl Gulering off rfweproducmg the
synthesi s processor in accordance with claim4,

wher elieft aptranyation vabusrYlr cind fhe tight suprbasd signals first ewtiergoes initial
detectlon and gai n adj ustnment cal cul ati on (TDGC) unit

for Tefesingaf l’%“ﬁh@rpmﬂuamg fthe left agemnlatignjeduedyly, o,

Gs, GRs and GS; neans for buffering the |left and

ri ght sub-wherd signals; 22

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.

10.  The channel synthesis processor in accordance with claim 8, wherein the left
and right sub-band signals are summed before producing the total correlation
value Ar; and the left and right sub-band signals are subtracted before producing

the differential correlation Value Ap,.

11.  The channel synthesis processor in accordance with claim 8, wherein a first set

of control parameters is used for producing Ggs and Gys.

12.  The channel synthesis processor in accordance with claim 8, wherein a second

set of control parameters is used for producing G g, G¢ and Gs.




means for w ndow ng the left and right sub-band
signals after buffering; neans for accunul ating the

| eft and right sub-band signals after wi ndowi ng for
producing a left accunul ati on value M. and a ri ght
accunul ation value MR and 8ans for auto-correlating
the left and right sub-band signals after buffering

rp X . .
Lo ¢ ChARL e BrdeBicle G160 Biib AR NAUHER R R0 Bgpal and a righ
synt h@giisi@iap f(ﬁ%ﬁ@rbablﬂo@ﬁgﬂlirﬁﬁﬁcﬁ Wahhbl€Edthphishg a left channel, a
wherein the |l eft “sub-band signals first undergoes
i ni tiAghtechidret,iangntek chanhel arfdod lefir sughoand ghdnnel arded tight surround
accumul ation value M,; and the right sub-band signals
fi r stchanoelr Geeethod eomprisingithe stepnig of r + aL | for

producing the. left gccuml ation value M; where, L is
the |&ft stAbMe eéffafbﬁéfrr?ght raRUg sigpals ity gplwakty 9 frpquency sub-

: : . _ : ; .
0. 4 g e B R HafRlioh B BEFLSEy SREKRY CoRRig e sub-band
W th ghdi BhBa righi QLB b d dighal;eft  and right sub-band

signals are suhnmed before producing the total

correb.at i oprocassing@hAkft aidchantaidnal 4ndahe righgtib-bad Kamd into a
signals are subtracted before producing the

di f f epleralitad! sibrbaad achamelsveimprisg; a 1dft satrbamchehans], a right sub-
synt hesi s_processor in accordance with clai

8,
wher chandghaineh @ cemier Subrband shamich stk eroind sl bk ehanggl, and a
dugi Gm d S, J12. .Th h I t hesi
P oo i SRR Pa el AL TS, Shor e & second
: _ i | |
o oy CordyhinB W30 St PotdaBOndiBk EBHYELS G, channels
I nput fob edprédictioh &f 4 cdriepéndingiiahna g (i glidhity of chiels.

signal for playback on a plurality of channels
conprising a |l eft channel, a

14.  The method in accordance with claim 13, wherein the left and right input signals

are filtered by a high pass filter before processing.

15.  The method in accordance with claim 13, wherein the left and right input signal
are summed and filtered by a low pass filter to produce a low frequency effects

channel.

16.  The method in accordance with claim 13, 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.

17.  The method in accordance with claim 13, wherein step b. comprises:




ri ght channel, a center channel and a |l eft surround
channel and a right surround channel, the nethod
conprising the steps: a. splitting the left and right
input signals into a plurality of frequency sub-
bands, each of the plurality2df frequency sub-bands
conprising a |left sub-band signal and a right

sub- band sjgnal ;. b 0 S

si gnal andbét!he ?rrrlglnf?,H{&ﬁ gesrﬁégﬁa']\bef’atrlrltdoéfgmp QP@ naﬁhl syb-band
of sub-band chaﬁ@ﬂlavﬁpr&hteslgbga Q. |t6f produide Bandenter sub band
channel, a right sub- band channel, a center sub-band
channel , a | ef tclmunelound sub- band channel, and a

right surround sub- band channel ; and c. summ ng up

each of the corresponding pIuraIity of sub- band

Gt PR R s
accor danceyt Nyl e’ Arlbhe! Gl 16 uPBihd L8R and righ

ere pass
before pr ocessr.aﬂ,-ba;laa sighdBb &ﬂa&rﬁw%&@ Q8 3phe sWrbihd Ggg to
claim 13, wherein the left }gﬁd righ ﬁgut gl[%nal are
summed and fi | t podaceltite fefl surropad subi-bdridethaitinel.pr oduce a
| ow frequency effects channel. 16. The nethod in

accordance with claim 13, wherein step b. conprises:
e A i AT
ECEAGI I T G e T SR ST S
wher ei n st ep b.g otggﬁal lbgds}‘?éﬁn‘?gmg (Esy;ﬂgg A gnaund Gs to

the left sub- ba signal an

with center gaiftofce thoriphtaitieand -l cRinmelb- band
channel. 18. The nethod Iin accordance with claim 13,

wherein step b. conpri ses:

20.  The method in accordance with claim 13, wherein the left and right sub-band
signals are buffered, windowed and accumulated for respectively producing a
left accumulation value M and a right accumulation value Mg; and
the left and right sub-band signals are buffered, windowed and auto-correlated
for respectively producing a total correlation value Ar and a differential

correlation Value Ap.

21. The method in accordance with claim 20, wherein the left sub-band
signal first undergo an initial buffering of f‘ +oR | for producing the left
accumulation value My ; and the right sub-band signal first undergo an initial
buffering of |R +ol | for producing the left accumulation value M; ;
where,

L is the left sub-band signal;
R is the right sub-band signal;




b3. amplifying difference between the | eft sub-band
signal and right sub-band signal by surround gain Gs
and right surround GRS to produce the left surround
sub- band channel . 19. The nethod in accordance with
claim 13, wherein step b. coprises: b4. anplifying
di fference between the |eft sub-band signal and right

sub- band s ' eft surround
GSto prgc %%g r?%eihﬁ.rafq gal%r%(%rjﬁn%ﬁs %biand channel .

20. The nethod in accordance with claim13, wherein

the left and right sub-band signals are buffered,

22. nd oWk it daia cloeariaice dvifho tlaihe 2p e ohenéi] sheplefichndi right 3ub-band
| eft accunul ation value ML and a right accumnul ation

val uesigRls araduhimed befote praduaingythe totab cblatdeltlcm alad Arioand the left
buf f er ed, vigh wi ndowed. and auto-correl ated for

r espedid vight, syh-bartt isiggela arersabtracied dicfare godusinge ther differential
and a_di fter C?ﬁ correlation Value AD. 21. The

net ho T RECSH e with clai m 20, wherein the |eft
sub-band signal first - undergo an initial buffering

of f + ORI for producing the left accunulation val ue

M., aThke inbod ihdcordabed@itll chingna) whérest onérnsiahg@aia® Gz, Ge and
initial buffering of 1R + alL | for produci ng the left

ac cun@k,ds incremealtedewiidn; theviidrleand chanrgel cdsmespexidlngtobomauf dhe gains
signal; Ris the right sub-band signal; 25 a is a

cont r GLr. Str et domimantighile tigother v@gains zrp deqrmented.

met hod in accordance with claim 20, wherein the left

and right sub-band signals are surmed bef ore

4 Oduf"hﬂ?neﬁ [%12 %Jorcﬁtﬁcg Gt bigi, 43! é C‘g;e?s [dfenteftdd when

and ri nal's are su trac

prod UQbﬂ&aﬁ&?fa@fo? K%‘Q{‘ifs Igfdater R4 & Bppe@ Thi¥hoIE Vﬁﬁe for the center

sub-band channel.

25.  The method in accordance with claim 23, wherein Gg is incremented when
Correlation factor A/Ap is less than an upper threshold value for the surround

sub-band channel.

26.  The method in accordance with claim 23, wherein the gains Gy, Gc and Gg are
suitably decremented or incremented towards an ideal gain value of Gy, G¢ and
Gs when more than one of the sub-band channels corresponding to the gains

Grr, G¢ and Gg is dominant.

27. The method in accordance with claim 21, wherein Accumulation factor Mpr/My.
is compared with a ratio of Ggg and Gyg, and Ggg is incremented while Gig is
decremented when the Accumulation factor Mg/M, is greater than the ratio of

GRS and GLS'




23. The nethod in accordance with claim22, wherein
one of the gains GLR, GC and Gs, is increnented when
t he sub-band channel corresponding to one of the gains
GLR, GC and Gs is dom nant while the other two gains
are decrenmented. 24. The netl26d in accordance with
claim 23, wherein G is increnented when Correlation

gcto Metﬁ@d S aAbRBAG with 8Bin? D din ‘?§H éé@éc%hﬂe Gis
@Q%and qagg

or t e center anne

accor gan&emehted “ﬂﬂeﬂlﬂﬁe R@eurﬁﬁl@tﬁ(ﬁi facled MM N I%Eﬂi‘ﬂfaﬁ Cihe ratio of
when Correlation factor AT/AD is | ess than an upper
t hr esbgd ahd/@isue for the surround sub-band channel .

26. The nethod in accordance with claim 23, wherein
the gains LR, Gt and Gs are suitably decrenmented or

i ncremented towards an ideal gain value of GLR Gc and
Gs when nore than one of the sub-band channel s
corresponding to the gains G.R Gt and Gs is

dom nant. 27. The nethod in accordance with claim 21,
wherein Accunul ation factor MR'M. is conpared with a
ratio of GRS and A.S, and GRS is increnented while GS
is decrenented when the Accunmul ation factor MR ML is
greater than the ratio of GRS and GS. 26 28. The

met hod in accordance with claim?21, wherein GRs is
decrenented while Gs is increnented when the
Accunul ation factor MRy ML is |less than the ratio of
GRS and Gs.




