A SPEAKER FOR REPRODUCI NG SURROUND SOUND Field of the invention 5 The
present invention relates to a speaker. In particular, it also relates to a
met hod and surround sound system for processing nmulti-channel audio signals
in each of a plurality of audi o output sources for generation of surround
sound in a listening area. 10 Background of the invention Existing surround
sound recording formats include those referred to as 5.1, 6.1 and 7.1. The
5.1 surround format conprises a conpressed data stream containing five
channel s, generally designated left, center, right, surround |left, and
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conbi nati on of the five other channels, and may be provided to a

sub- moofqh eld OFuf ]#_gﬁﬁ%ﬁund format includes the same five channels as the
5.1 surround1 or ma adds a surround back channel, which nmay be fed to
one ofs nore back speakers in a surround sound system The 7.1 surround

format i sy Lﬁﬂ%goeg{n vagutﬁchlereﬁaté's 89 sPEIHP liﬁq)a{'t%ﬂ@t it aEH'%ell&l%§ t& PheBiddr4nd si de

channel s (s and surround sid % rather, than . ,a single
back charfground spung sygem fopprosessing W grivapee] atrtlife@gnﬁ dn gach o @AYy f or mat

has tWo Syitab@idibegiR 8niedsTol seubrabibi 8f du@fdund 86urd ig Aldtentrg@ré. 1 surround
format has three surround channels (surround |l eft, right and back), and the

7.1 surround format has four surround channels (surround side left and

ri ghtio arBackgronnddfhheknveaitior5and right). Basic surround system speaker
configurations generally include fromsix to eight speakers placed at
conventionally well-established | ocations, according to the type of
surround Eostivgtsutiveyd sound retadibgdoitnmty inglude Ahesexeferred ke as 5ur.pamdi7.8yst em

typical l'y l§30 1 BGrek %o%rg{ttcon{ghg&t @tﬂ%pr@%@& ﬁﬁta%ﬁ%%efoﬁta(% Bvd aﬁnﬁélght and

| ef t spea space sub- woof er ound, | eft and
ri ght spemelraély designatedg ,Q?@t@ﬁﬂf‘ﬂi‘ﬁoﬂué?ouﬁﬂ left, piel avrrpwnd gl aamedyfor th e
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arrangengg% aﬁ S gxspe er suﬂgg g %¥ q dds a bac urround
speaker. WARNR¢ Efé & Porabinatiorhef tag &y 'E’V%ﬁa&%? RO R RO € e
speaker addb&ﬁ@ﬁ'éfﬁ'[lhe &% stifi®@indXormat includes the same five channels as the 5.1 surround
format, but adds a surround back channel, which may be fed to one or more back
speakers in a surround sound system. The 7.1 surround format is similar to the 5.1
20  surround format, but has two surround side channels (surround side left and surround
side right) rather than a single back channel, for a total of seven channels. Thus, the 5.1
surround format has two surround channels (surround left and right), the 6.1 surround
format has three surround channels (surround left, right and back), and the 7.1 surround
format has four surround channels (surround side left and right, and surround back left

25  and right).

Basic surround system speaker configurations generally include from six to eight
speakers placed at conventionally well-established locations, according to the type of
surround format they are intended to play. A six-speaker surround system typically
30 includes left, right and center speakers (with the right and left speakers spaced widely
apart), a sub-woofer, and surround left and right speakers (which may be monopolar or
dipolar in nature). A seven-speaker surround system typically includes the same speaker
arrangement as the six-speaker surround system, but adds a back surround speaker. An

eight-speaker surround system typically includes the same speaker arrangement as the



Si x-speaker surround system but adds a back |left surround speaker and a
back right surround speaker. The enjoynent experienced by a listener in a
surround sound system can be affected by a 5 nunber of factors, including
the listener's physical position relative to the various speakers, as well
as by the particular format of the audjo track being played on the system
However, there are problens in the abovenenti oned conventional surround
sound 10 systens. For exanple, conventional 7.1 systens are not capabl e of
bei ng expangsaker sterouheystefipbiit addssppakdes seadind shakemalideadeadk righter ef ore,
a user does not have the flexibility of adding speakers or changing the
conf i gur alrSHRG P aker s in accordance with the user requirenents,

Further, conventional 7.1 systens have conplicated wiring set-up procedures
and it i i £ . i 6 . i.ly. 15
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surround wbubat efyltters ibdudiog dhe Histeseim ahwsical tesitibriralgtipe de dbs arieusd

anpl i f i edjoliel) AUMIOAY hIBR: pREELIME ForRAH oR IR hildi& fradR 'bainggﬁaﬁeeqﬂ flege to be
transmtted to output sourceS. Wreless solutions have béen “"devel oped for
stereo sy¥fEMs. However, present wireless 20 systens only provide for the
transm ssion of audi o signals between one transmtter and one receiver.

D sadvant ageously, this systemrequires the use of nultjple transmtters.
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to: (a) receive an audio,sign aving a le han L) signal .and a
ri gh'g ch aﬁﬁ‘r@{ns(lr:gfausg the signa% a?flter e\{ng %rocesse an amﬂﬁ'{ed(in) an ag 1o/vi§leo

receiver and amplifier unit are too large to be transmitted to output sources.

Wireless solutions have been developed for stereo systems. However, present wireless
20  systems only provide for the transmission of audio signals between one transmitter and
one receiver. Disadvantageously, this system requires the use of multiple transmitters.
Still further, conventional stereo systems cannot be transformed or converted to
generate surround sound because the stereo systems are not capable of digital signal
processing. By doing so, the sound quality, and ultimately the surround sound

25  experienced by a listener, deteriorates.

Accordingly, it would be advantageous to provide an improved surround sound system

which overcomes one or more of the foregoing problems or shortcomings.
30  Summary of the invention
In accordance with a first aspect of the present invention, there is provided a speaker for

generating a surround sound signal, the speaker comprising a processing unit configured

to: (a) receive an audio signal having a left channel (L) signal and a right channel (R)



signal; (b) process separately and i ndependently the L and R audi o signals
to produce processed signals; and (c) m x the processed signhals to produce
the surround sound signal. 5 By "mx", it is neant to include any audio

m xi ng process known to the skilled person. Wthout undue limtation, it

i ncl udes the m xing of audio signals which a nmultitude of audio signals
may be conbined into one or nore channels, nost commonly two-channel
stereo. By "surround sound signal", it is meant to include the audi o out put
pr Odl(J ]ged sbg’nail;f’(lb) pﬁfé@?&@ﬁﬁa&lﬁm ﬁiﬁgﬁe’ﬂdgpﬂ)} thei ISaL?d ROauaaﬁﬁgnals)trgD pmaugze one, |
two (for exanple,. t and.tar t audio.signals).or any nu r of, signals
hat 1 o GEREPSREHERA AP aE i BRrSen ot A Epeie SO SpRPERE B ¢ he
processi nggnahit is further configured to filter the received audi o signal
such that the output surround signal is filtered. 15 Preferably, the
processing unit is further configured to process the received audi o signal
accor di ngBxt tmiziét isfmeam te inshidesay iapdioghixingopreedss kiewn tniheskidlpd @eisenr ange
char act erysi G- : ra : Eggﬂm'ﬁﬁ% lifier
confi gur e"gﬁ%g&aurrrlp i }11;&%@%1?5%%1?1%%%%@%3% .ﬁgﬁg”fug F&gﬁ’%l{e}l]?{e? ably, glt he tg?%gﬁ;gsi ng
uni t i nclandéssignali pay beeomliped ipg onerrBersichannele MoskERNIRO™Y erlkannel

Pref er abl gfereb 8y 1s8frbutdsinalsighB ks Mastao intikleiROavdb 6titphPbiddacddsy | ef t
channel si gnal |nho 515 af ritt' portion and second p(grtl on. Mg)e%te

or of or abl 2 Bregsssef aufiosiamalso t is lspaneans 1 msBide B8 By GHFERPISAEE 119 ter, an
equal ics ersigharaudiol sighaky of hhyt Slimberchf 3ighyleahatds gaeged anprodlice thagutrbiendsecond
portion si %ngl. i}g processed by a high pass filter, an equaliser, a | ow pass
filter 8°8%A%M ¢ range control. 30 Preferably, the speaker conprises

|l eft and right drivers, and the processed |eft and right channel signals
are chan ; i I i -of bly, the
ot ocessed i dp Arice e BPR sl finig RERGHIeK Thd rectlOkEaBliF SRR ¥
phase to duh thnat Seeenipid snapune signab s filksreghal channel led to the right driver.
4 Preferably, the high pass filter is configured to have a cut-off
frequency_of 70-200Hz. More preferably, the high pass filter is configured
to have aPieifraRly.he P@ﬁ%%ym&fls%'&%wrﬁ%‘F@t&m%%%%%@ r?%wegag SefePer i s
conf i gur eghcb ik @ndof dh e@idlisitihaneiergfic; haAQ kgnarbic range characteristic.

Preferably, the speaker further comprises an amplifier configured to amplify the

20  processed signals.
Preferably, the processing unit includes a wireless receiver o receive the L and R signals.

Preferably, the left channel signal has a junction which splits the left channel signal into
25  afirst portion and a second portion. More preferably, the first portion signal is processed
by a high pass filter, an equaliser, an all pass filter and a dynamic range control; and the
second portion signal is processed by a high pass filter, an equaliser, a low pass filter and

a dynamie range control.

30  Preferably, the speaker comprises left and right drivers, and the processed left and right
channel signals are channelled to left and right drivers respectively. More preferably, the
processed right channel signal channelled to the right driver is out of phase to the

processed left channel signal channelled to the right driver.



Preferably, the speaker is coupled to a sub-woofer unit, the sub-woofer

unit conprises a |low frequency effects channel fornmed by a conbi nati on of
the L and R audi o signals. Preferably, the sub-woofer unit conprises a
processing unit including any one selected 10 fromthe group: a high pass

filter, alowpass filter, an equalisear, and a dynam c range control.
Preferably, the low pass filter has a cut-off frequency of 70-200Hz. 15

Preferably, the sub-woofer has 12dB boost at about 180Hz. |In accordance
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channel (R) signal; 20 (b) processing separately and i ndependently the L
and R sigpals.to produce ocessed sikgnal s; an C) i Xi e processed
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dynamc r R i ; ) IRAYY E : ssed
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equal i ser, and a dynam c range control. Preferably, the |left channel signal
is split into first portion and a second portion. re 30 preiﬁer bly, the
first porkretsrably, dhampub-wopfel et sUnPHIPs 2 MPERES PR LRI ARqlydng amnoragisiicieder , an
all pass frérhtiké gli\iilﬁ: & hihnais €ltéRadew Gasy filedr, amaghalife, seCodgnpek trige si gnal
i's processed Py a high pass filter, an equaliser, a low pass filter and a
dynani c r&@if&8 control. 5 Preferably, the processed | eft and right channel
signals are channelled to left and right drivers respectively. Mre

prefer agL m@ﬁg}ﬁgﬁg@gﬁ}@gdﬁ]{e&%&a%%gfﬁé@{]%kﬂjé%o%gnnel led to the right

driver he processe e signal channelled to the
right driver.

15  Preferably, the sub~woofer has 12dB boost at about 180Hz.

In accordance with a second aspect of the present invention, there is provided a method
for generating a surround sound signal in a speaker, the method comprising: (a)
receiving an audio signal having a left channel (L} signal and a right channel (R) signal;
20  (b) processing separately and independently the L and R signals to produce processed

signals; and (¢) mixing the processed signals to produce the surround sound signal.

Preferably, the processing includes: (a) filtering the L and R input signals; (b) controlling
a dynamic range of the filtered signals; and (¢) amplifying the processed signals.

25
Preferably, the signals are processed by any one selected from the group: a high pass

filter, a low pass filter, all pass filter, an equaliser, and a dynamic range control.

Preferably, the left channel signal is split into a first portion and a second portion. More
30  preferably, the first portion signal is processed by a high pass filter, an equaliser, an all
pass filter and a dynamic range control; and the second portion signal is processed by a

high pass filter, an equaliser, a low pass filter and a dynamic range control.



5 Preferably, the high pass filter filters the signal at a cut-off
frequency of 70-200Hz. Preferably, the high pass filter filters the signal
at a cut-off frequency of zooHz. 10 Preferably, the low pass filter filters
the signal at a cut-off frequency of izooHz. Preferably, the audio signals
are transmtted to the speaker wirelessly. Preferably, a portion of
the left channel signal and right charihel signal is transmtted to 15 a
sub-woofer unit. Preferably, the signals received by the sub-woofer unit

are p][ Ofeﬁ%fééalﬂ&y, tn@yro@éb@e@ﬁheﬁdd exdgdlﬁ leBafrieh Sig@A19 b ch@mﬁk}l@& t@MtSalid' ﬂigtglr , a Ihow
pass filter, an equaliser, a nam c ran ontrol . 20 Prefer y, the
o pass Srierarsmy M a gl e prorshd NaF RRhd SneS stnseitiiy

Pr ef er abl the rightdidvegnat of @rase ta the poodetsed léfochaneelsignalwinheellednb thentiglel essl y.
25 In accgrdance with a third aspect of the present invention, there is

provi ded Stir r ound sound system the systemconprising a transmtter for
transmmtting a left channel (L) signal and a right channel (R) signal to a

¥ - i f ' | 30
speaker aﬁ%&t&ﬂﬂﬂ@;élgéwgsfﬁuelsmtﬁﬁﬁ%%ga atsaﬁt-mggggggﬁf g*j%“ﬁd&f'z

Pref erably, € 'Ssys conprises /7 s ers. Pr the speakers are
| ocated in a single speaker enclosure. Brief Description of Figures 6 In

order thaprethMIPHRSIARL pAsd HRBE QNS TRYIE] ftulchivott RdQietpobode, readi |y put
into practical effect, there shall now be described by way of

non-limtative exanples only preferred enbodi nents of the present
i nvenid onprefeliebly] EisClowipassoflted Eltag thié signal ef casvidrdqaendyef moatzonpanyi ng
illustrative figures.

Preferably, the audio signals are transmitted to the speaker wirelessly.

Preferably, a portion of the left channel signal and right channel signal is transmitted to

15 asub-woofer unit.

Preferably, the signals received by the sub-woofer unit are processed by any one selected
from the group: a high pass filter, a low pass filter, an equaliser, and a dynamic range
control.

20
Preferably, the low pass filter filters the signal at a cut-off frequency of 70-200Hz.

Preferably, the signals are transmitted to the sub-woofer unit wirelessly.

25 In accordance with a third aspect of the present invention, there is provided a surround
sound system, the system comprising a transmitter for transmitting a left channel (L)
signal and a right channel (R) signal to a speaker according to the first aspect of the
present invention.

30  Preferably, the system comprises 77 speakers.

Preferably, the speakers are located in a single speaker enclosure.

Brief Description of Figures



In the Figures: FIG 1 shows a schematic diagram of the system
according to an enbodi nent of the in invention; FIG 2A shows a bl ock

di agram of the conponents of a front right processing unit according to an
enbodi ment of the invention; 15 FIG 2B shows a gain-frequency plot for a
high pass filter of the front right prgpcessing unit of FIG 2A; FIG 2C
shows a gain-frequency plot for a first |ow pass filter of the front right
processing unit of FIG 2A; 20 FIG 2D shows a gain-frequency plot for a
second | ow pass filter of the front right processing unit of FIG 2A

FIG 3 shpws ,a block diagramaf the, c onents of front r.ight prqcessing
it o5 e e e pis R Ba e bERED RN ReRan SrearBERa i S Bttt ve
conponent effeof, therkrsbali nbefle desatteddiyngayuoid toralimiiaidiengratnplea ronbmrefhirmednt ; 30
FIG 4B s . i n-fr far ! Lhter t he.front
left pr oc%gfé&?dﬁ%e%%f? %1? e‘%?%%i%‘gh%“ﬁ?‘& &5@%&?&@ Igg fg‘f}:}télhn]ge ?rgécﬁe%c§hepl ot for
a secand dcompasingilistmtivefigutse front | eft processing unit of FIG 4A;, 5
FIG 5 shows a block diagram of the conponents of a front |left processing
unit accordi n%_to an enbodi mrent; FIG 6A shows a bl ock di agram of the

1

conponent M8 HZYre; ont center processing unit according to an enbodi nent;
10

FIG. 1 shows a schematic diagram of the system according to an embodiment of the

10 invention;

FIG. 2A shows a block diagram of the components of a front right processing unit

according to an embodiment of the invention;

15 FIG. 2B shows a gain-frequency plot for a high pass filter of the front right processing
unit of FIG. 2A;

FIG. 2C shows a gain-frequency plot for a first low pass filter of the front right processing
unit of FIG. 24;

20
FIG. 2D shows a gain-frequency plot for a second low pass filter of the front right
processing unit of FIG. 24;

FIG. 3 shows a block diagram of the components of a front right processing unit

25  according to an embodiment;

FIG. 4A shows a block diagram of the components of a front left processing unit

according to an embodiment;

30  FIG. 4B shows a gain-frequency plot for a high pass filter of the front left processing unit
of FIG. 44;

FIG. 4C shows a gain-frequency plot for a first low pass filter of the front left processing
unit of FIG. 4A;



FIG 6B shows a gain-frequency plot for a high pass filter of the front
center processing unit of FIG 6A FIG 7 shows a block diagram of the
conponents for a front center processing unit 15 according to an

enbodi ment; FIG 8 shows a bl ock diagram of the conponents for a side right
processing unit according to an enbodbnent; 20 FIG 9 shows a bl ock di agram
of the conponents for a side |left processing unit according to an

enbodi ment; FIG 10 shows a bl ock di agram of the conponents for a rear

right processing unit according to an enbodinent; and FIG ii shows a bl ock

di agram he, ¢ onents.for a rear. left processing.unit. according to an
erbod; merte ot SRTBCR idbb et bR Ton. 8 B CRFEFEOEN S AESRMRERR, ' Shovs
a sur r oungtosassing usy of BIGA. UAp accordi ng to an enbodi nent. The system | oo may
be wired or without wire. In other words, the transm ssion of audio signals
in the system 100 nay be carried out by neans of a wire or by any wirel ess
means SknoWF. 6 shevren k¢l diegrapenf shaconTrioaerty of effpuideflt Rresessing upiiziccardingce 101
wirel essly aQRRainsatt 0 @ plurality 8 of speakers, and a subwoofer 109 for
surround sound generation. The signal source 101 nay be a stereo source
101. The speakers include a front |left speaker 102, a front center speaker
103, a fremt shl $livs SPdolediag@h ofthel @pofbits 3Reakent ddhver Frotdstigg unght
speaker | oom.a rear I%f% sgqaker 107, a rear right speaker 108. The stereo
source 1CAFCPEINgtBApembgdimentioner ating stereo audi o signal s such as two
channel stereo input signals nanely, a left channel input signal in and a
right ch L.l NPU I - I . t e .there is
a wrel ezﬁ;%?g]éesﬁ@%%agégrgﬂ%ggé}c&p%t f?%gh{gﬁelﬁagéc’:@géﬁr?glﬁﬁ frn%ﬁtcglgtl%ggﬁ%q%slsﬁl and the
ri ght chaemiedf BIGpes; signal 112, a front left processing unit 113, 10and an
anplifier unit 11.4. Simlarly, the front center speaker 103 has a w rel ess
receiver for receiving the left channel input signal in and the right
channel iFigut7 sioysaa blpgl diagram o tthe é?mmn%f%@é%}gfﬁ@f eRRFar E??‘P,SSl&%ldmgn
anpl i {4 eracdfddingt8 an tbddigneht;:ont right speaker 104 has a wirel ess receiver
for receiving the left channel input signal in and the right channel input
signal 112, a front right processing unit 121, and an anplifier unit 122.
FIG. 8 shows a block diagram of the components for a side right processing unit

according to an embodiment;

20  FIG. 9 shows a block diagram of the components for a side left processing unit according

to an embodiment;

FIG. 10 shows a block diagram of the components for a rear right processing unit

according to an embodiment; and

25
FIG. 11 shows a block diagram of the components for a rear left processing unit
according to an embodiment.
Detailed Description of The Preferred Embodiments

30

FIG. 1 shows a surround sound system 100 according to an embodiment. The system 100
may be wired or without wire. In other words, the transmission of audio signals in the
system 100 may be carried out by means of a wire or by any wireless means known to the

skilled person. The system 100 has a signal source 101 wirelessly connected to a plurality



20 The side left speaker 105 has a wirel ess receiver for receiving the left
channel input signal in and the right channel input signal 112, a side |left
processing unit 125, and an anplifier unit 126. The side right speaker
i0o6 has a wireless receiver for receiving the |left channel input 25 signal
in and the right channel input signal gl12, a side right processing unit 129
and an anplifier unit 130. The rear |left speaker 107 has a wrel ess
receiver for receiving the left channel input signal in and the right

chan nlel f | Sipbakei<)ard a idBHNooaemeglfoﬂ sattoupd eqarisieneration.t THSAgnaA Beliradiol
3oanplifier unit 134  The regr right speaker. 1 has ,a W rel.ess receiver
For T ecel OPHIF E e Pappecg iahabhe eriiits BRBALR ot B dPRnd: M4 Aot Rhafie™ | ou
si gnal 11$ealkernegra fronghighps@ekaabnm sidé keft 5pdkenms, anidamight §peekerunéin 138. 9
The subwo Lrele r j f I I Vi I channel
mput (L Dyt b pldRE forhh s b PaBicl Rbe the sRE) Koblh 1136 LIS
subwodf ergqpertiag stenep andie sigaals s dvoaabpind] isterequimput sigials namely) a left

enbodi Mendign, &gt YRWAGh £ind ¥t Shattelinh 3 sigahfbat i ng low 5 frequency
conponents of the input signals 111, 112 to be sent to all the speakers
102, 103, 104, 105, 106, 107, 108 which are connected wrelessly to the
subwoof erpl@8.frdrid 14thSpealR@ Vo5 BRAK BRI S wikBléss FOdver f0f recdMmg thOGaft dMhAinell 08 and
subwoof er, 109,, the w retbess receiver maé be a Blﬁge T%?th interface and
conf i gur BPY Vg 1HaRd 1he skt Fhrzngligpds ﬂ%lﬁnfi N RrOSFERRAVS 182, 103,
104, 405, arkm ardflifier dfi813nd subwoof er 109. FRONT RI GHT PROCESS UNI T

FIGs. 2Ato 2D illustrate a front right (FR) process unit 121 of the front
right (FR) 15 speaker 104 according to an enbodinent. FIG 2A shows a bl ock
di agr am o$intiladycthepiborgntestesfspeakier ang has ghwvirgles) rqgeiverefos reeviving 2ie lefpt i on
"A) for I ngsa fd ' (L ER) ;S I front
Tgh (R ahpgigal 4 Shq eatht Dt gt P2 o ok QR DR Ve T he
Lin and Rt gq7gqq)a1|a31 amplifier unit 118.

15

The front right speaker 104 has a wireless receiver for receiving the left channel input
signal 111 and the right channel input signal 112, a front right processing unit 121, and an

amplifier unit 122.

20  The side left speaker 105 has a wireless receiver for receiving the left channel input signal
111 and the right channel input signal 112, a side left processing unit 125, and an

amplifier unit 126.

The side right speaker 106 has a wireless receiver for receiving the left channel input
25  signal 111 and the right channel input signal 112, a side right processing unit 129 and an

amplifier unit 130.

The rear left speaker 107 has a wireless receiver for receiving the left channel input signal
111 and the right channel input signal 112, a rear left processing unit 133, and an

30  amplifier unit 134.

The rear right speaker 108 has a wireless receiver for receiving the left channel input
signal 111 and the right channel input signal 112, a rear right processing unit 137, and an

amplifier unit 138.



20 111, 112 wirelessly, and process the L and R signals separately and

i ndependently, and eventually produce the output which is the surround
sound signal conprising first front right (FR) signal 123 and a second
front right (FR) signal 124. The Lin signal 111 is divided or split into a
first signal 203 and a second signal 4 at node 243. 25 In a separate
signal path, the first signal 203 of the Lin signal in is passed through a
series of conponents consisting of: a first Hi gh Pass Filter (HPFl) 206, a
first Equalization Filter (EQL) 212, a second Low Pass Filter (LPF2) 218,

and a first nam c nge Control . i) 224. .The |ij.ude of .| ow .
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10 After the I'ow frequency conponents are filtered, the filtered signal 209
is then directed to the EQL (212) for adjusting of the high frequency

conponent f @k abb@ sphediety B2, sd-0R64, 185%0601EE I6Y Al Esubvobféd 3bd, 2Rswiklgeal 215.
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of 1200Hz. As such, the gain of frequencies above 1200Hz in the equalized
signal 215 will be reduced to generate a second filtered signal 221. The
second fi 0 [Ipassed to the DRC1 (224) to apply an
appropriate gain so as to generate a first processed signal 226. 10 Sim | ar
to the processing of the Lin signal in, the Rinsignal 112 is divided into
a third sFissarAZOeR illpstrateoy fropt sishh IR)2prpeess upggee1xfhe (frpng righp 4Rk e

si gnals pagfeakdrigy hdtbfdEndiodhaime@findd. passed through a series of conponents
15 for digital signal processing in the sane way as the series of
conponents for the first signal 203. In particular, the third signal is
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si gnal 1léswd§118rﬁ%§§€aaﬁ&%ﬁﬂ%&@é@ﬁé&ﬁ?@ﬂ#&}%ﬂﬁh?&&kﬂtze 33 be added to
generate a subwoofer signal 205. The subwoofer signal 205 is passed through
a series of co nents consisting.of: fir ow Pass Filter PF1l) 208, a
i oh Paas TR FEBPAT apes) Db ant Srddidhleed Hibe AR BRR, u 'y pprd B5PEb g
second Dysmies cof Ramgeon€otst consistiiREE) a2t el P&PD BhewsH&Fgaros,f a digiency
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of the Lin signal_ iii1. After Fpr ocessi I’_lﬁ;, third processed signal 230 is
generdf edfrequency plot 231 of the HPF 206 which illustrate a curve 234. The curve 234 shows

that the HPF1 (206) has a cut-off frequency of 70 to 200 Hz. In other words, the
amplitude or gain of frequency components having a frequency of 70 to 200Hz in the

first signal 203 will be reduced to generate a filtered signal 20g.



11 The third processed signal 230 is divided at node 245 into a first
subwoof er processed signal 246 and a second subwoofer processed signal 247.
The subwoofer signal is processed in a simlar way for all of the speakers
in the surround system In a front 5 center speaker, the gain of the
subwoof er signal nmay be adjusted or inpgreased after a dynam c range control
as showmn in FIG 7. The second subwoofer processed signal 247 and the first
processed signal 226 are passed to an adder block 227 to be added to
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Similar to the processing of the Lin signal 111, the Rin signal 112 is divided into a third
signal 200 and a fourth signal 201 at node 244.

In a separate signal path, the third signal 200 is passed through a series of components
15 for digital signal processing in the same way as the series of components for the first
signal 203. In particular, the third signal is passed through the series of componenis
consisting of: a first High Pass Filter (HPF1) 207, a first Equalization Filter (EQ1) 212, a
first All Pass Filter (APF1) 219, and a first Dynamic Range Control (DRC1) 224. The
ALP1 (219) is used in the processing of the third signal 200 to optimise phase response
20  to give better centre positioning focusing. In the digital signal processing process, the
third signal 200 is processed to generate a second processed signal 228 which is

connected out of phase with the first processed signal 226.

With regards to the subwoofer, the second signal 204 (0.5 of the Lin signal 111) and the
o5 fourth signal 201 (0.5 of the Rin signal 112) are passed to an adder/summation block
202 to be added to generate a subwoofer signal 205. The subwoofer signal 205 is passed
through a series of components consisting of: first Low Pass Filter (LPF1) 208, a High
Pass Filter (HPF2) 214, a second Equalizer Filter (EQ2) 220, and a second Dynamic
Range Control (DRC2) 225. FIG. 2D shows a gain-frequency plot 239 for the LPF1
30 (208). The plot 239 has a curve 242 which shows that the LPF1 (208 has a cut-off
frequency of 1200 Hz. It is appreciated that the LPF1 (208), the HPF2 (214), the EQ2
(220) and the DRC2 (225) are used in the same way as the series of components for the
first signal 203 of the Lin signal 111. After processing, a third processed signal 230 is

generated.



zo process unit 121 of FIG 2A except that the Bin signal 112 is divided at
node 343, and | ater node 344 into three signals, nanely, a first signal
306, a second signal 307 and a third signal 304. The three signals are
processed individually in the same way as the first signal 203 and the
third signal zoo of the front right prppcess unit 121 of FIG 2A. The first
signal 306 and the second signal 307 of the Bin signal 112 are processed to
generate 25 a first processed signal 334 and a second processed signal 335.
The Lin signal 111 is divided at node 345 into a fourth signal 301 and a
fifth sigpal.;3Q2. The . fourih si 01 a d th re
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sane way IQS%C 380 F‘?\eanﬂé}%en{é]fltgeg‘ r%m%h% ﬁ:\]’lmt Coe(if;tg%ﬁi)]t% I?qg%?s‘ig

gener at e w4f |It gstappreontedl thfittthe ﬁg)lt sglgnubceﬁs_ﬁmaado i the eamelad thertont elght ( FL)

Sl gn t the , t over in

conparen LoeRE Bhitfbt bl f-‘?‘AﬂF pP ARl P s I indRe iy SR OV,

Pass Fi | tlater 219dfe 54szyto ahvge STgRRlS, naseehys arfirat signal §965=% gvand gignal go7tand o r ont

:_E]I; t2 (Z%mﬂﬂ@ f mﬂlem@e heﬂs bR RawsRd ihdvitiglydh Me dafb8)ayip icemek of the
en I’

Front 1 eruen apasad e ‘{h?rfﬂde%(q bR b et Heht Provrs ey 1o 4 P 20 Tibhe. L1

si gnal i nfiisBsighial go6gnd tie sbédnid sighhBjo7 dite RirRjignal 413281)‘3 pocesseditatgeneatd m se
phas e25r eSPalk %réc%ss%ld\élegngfa%pgf bind g%%éo%d %%E:és!c;t%ﬁ élglgal 33% us['he Y:in signal 111 is

divided at node 345 into a fourth signal 301 and a fifth signal 302. The fourth signal 301

J

and the fifth signal 302 are processed individually in the same way as the third signal

200 and the fourth signal 201 of the front right process unit 121 of FIG. 2A. In this

regard, where appropriate, the foregoing discussed with regard to Fig. 2A analogously
30  applies.

FRONT LEFT PROCESS UNIT




30 Wth regards to the subwoofer, the second signal 434 (0.5 of the Lin
signal in) and the fourth signal 403 (0.5 of the Bin signal 112) are passed
to an adder/summation bl ock 404 to be added to generate a subwoofer signal
405. The subwoofer signal 405 is passed through a series of conponents
consisting of: first Low Pass Filter (4PN 408, a Hgh 13 Pass Filter
(HPF2) 414, a second Equalizer Filter (EQ) 420, and a second Dynam c Range
Control (DRC2) 425. FIG 4D shows a gai n-frequency plot 239 for the LPFI.
(408). ThEGel M to2dYillnstpata adtony RAAHB) pddicess unitqos of tirtfrdr eighRFL) (pbadBdr has a

cut-off fre uen f 120 is appreciated that the LPFI (408), the
HPF2 (4141), &’éégo g?f;}zngﬁtd the DRC2 (425) are used in the sane way as

the series of corrponents for the subwoofer signal 205 of the FR processing
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first signal 5oi and second si gnal 502 and | ater at node 542 into two
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signal s ( are processed 1 ndividually in the same way as the
si gnal s ofonsiang pi ﬁtﬁrﬁte‘f{tg FestBilter (FAFHL) 306, 4 Ewaézermteq FQhpwe, adisl d,

wher e;APPAIPPhésAtiRer (tmlj 918908 AFirg 9%@@%%6 boﬁteaqmtc&mﬂ gTheéthird
anal OgOUS| na?%%lzl Cf{m qualTnz is passeclf R%E%l a senes otl components for digital

signal processing consiting of: a first High Pass Filter (HPF1) 407, an Equalizer Filter
(EQ1) 413, a second Low Pass Filter (LPF2) 419, and a Dynamic Range Control (DRC1)
424.

20
The Lin and Rin signals 111, 112 are processed in the same way as the Lin and Rin signals
in the FR process unit (121, 300) to generate a first front left (FL) signal 115 and a second
front left (FL) signal 116 except that in the FL process unit 400, there is a switch over in
components, i.e. the first All Pass Filter (ALP1) 418 and the second Low Pass Filter

25 (LPF2) 419. This means that first signal 401 of the front left (FL} process unit 400 will
be passed to the ALP1 (418) instead of the LFP2 (419) when front left (FL) process unit
400 is activated. When the front left process unit 400 is activated, the first signal 401 of
the Lin signal 111 is driving the ALP1 (418). The ALP1 (418) is used to optimise phase
response to give better centre positioning focusing.

30
With regards to the subwoofer, the second signal 434 (0.5 of the Lin signal 111) and the
fourth signal 403 (0.5 of the Rin signal 112) are passed to an adder/summation block
404 to be added to generate a subwoofer signal 405. The subwoofer signal 405 is passed
through a series of components consisting of: first Low Pass Filter (LPF1) 408, a High



configured to receive the Lin and Rin signals 111, 112 wirelessly, and
process the L and R signals separately and i ndependently, and eventually
produce the output which is the surround sound signal conprising first
front center (FC) signal 641 and a second front center (FC) signal 642. 5
The Lin signal 111 is divided into a %grst signal 649 and a second signal
602 (0.5 of Lin signal in) at node 64 The first signal 649 is further
divided into a third signal 623 and a fourth signal 601 at node 644. The
Pin si gnaﬂassl Fﬂteir SHOEY) geg ai d&t:@lchEipha‘lifzér Eﬂtgﬂ@EQz@Q&(ﬁmddat scorich Dghgnial
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di vi ded |n¥9fé¢8%dflpﬁ§¥n%ﬁym&reﬂl@F‘&ﬁaﬁa@%nahf‘oﬁuar% ypwoof er si gnal 619
at node 648. 20In a separate signal path, the fifth signal 603 is further
di vided at node 644 into a sevent nal , and an. ht .si gpnal 608. The
seventh g[i“g reggEd, AYRERE HAPPFARTI r’%‘? ’?501615 %ﬁ“@seﬂawﬁd%%a&d tﬁ%ul at or
bl ockio60%nkalogoashesglies.a accunul at ed si gnal 645. The signal 645 is passed

t hrough a series of conmponents consisting of: a H gh Pass Filter (HPF1)

626, an Equalizer Filter (EQB) 6n and an All Pass Filter (ALP2) 612. FIG
6B 25 shows a gai n- frequency pl ot 643 of the HPF1l whereby a curve 646
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procegsed By) BBo3RI i €s of conponents, the processed signal 620 is divided

at node j? to generate a left i-0.5 input signal 621 and a right +0.5

i nput signal 30622. The left +13.5x input signal 621 and the right -0.5Xx

i nput  si qn@l 46%Boxaraega{ﬂ ffe(ﬁ.le‘rﬁ:)'f bloa43@fo?5bxe Lef4 (gbpotahe M@remb amtraoan right
[ 606 an accu bl ock

i nput  si and. at
630 res pg@ﬁ RIgi 43 Wﬁ”ﬁ aﬁ%lé" d&b‘ﬁg‘f%‘?sqﬁaf the CIrltocess %ﬁgf@le}]}g{z 625 is
gener at ed4ad) it lmpd 4.t i nput . The signal 625 is passed t hrough a series of
conpgpents consisting of a High Pass Filter (HPFl) 626 and an Equali zer
Filter (EQ4) 628 and a Dynanic Range Control (DRCi) 636 to enerate a
pr ocessedfl&. §abow 61 Wﬂbpdinafﬂ%fpﬁaﬂf@m eft (g arocpep unitaoa ofdhe irgmitleft ppaaker o
processed,gsi R af3dcidtsd ARReRAEBEk RftRbcdBd ¥hilGoo is the same as the front left

process unit 400 of FIG. 4A except that the Lin signal 111 is divided at node 541 into first

signal 501 and second signal 502, and later at node 542 into two signals, namely, a third

25 signal 545 and a fourth signal 546. The three signals (501, 545, 546) are processed
individually in the same way as the signals of the front left process unit 300 of FIG. 4A.
In this regard, where appropriate, the foregoing discussed with regard to Fig. 4A

analogously applies.

30
FRONT CENTER PROCESS UNIT

FIG. 6A show an embodiment of a front center (FC) process unit 600 of the front center

speaker 103, Similar to the processing units described above, the FC process unit 600 is



5 and is processed in the sanme way as the processed signal 625. The signal
631 i s passed through a series of conponents consisting of a H gh Pass
Filter (HPFl) 632 and an Equalizer Filter (EQ4) 634 and a Dynam ¢ Range
Control (DRCl) 636 to generate a processed signal 638. The EQ 4 (628, 634)
enhances the md frequency to give a ti)%tter defined vocal scene. 10 The
processed signal 637 and the second subwoofer signal 619 is passed to an
adder bl ock 640 to generate a first Front Center (FC) signal 641 The

pr ocessedconfigmet téBeiadthetilieafid REL signabvwgher wivelgsshl, abd Pracssspsk ead RO an
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the sdbwoofer signal is also mxed after digital 20signal processing. SIDE
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process the L and R signals separately and independently, and eventually
produce t A i i Qund. Si | ] S |\ st side
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802 (+2L- RBbred WmaPbds I Nslanusbaial higs o Binpbils B Qighat Behidl Si gnal
803 and a fourth signal 804 at node 844. 16 The Second S|_91£al 802 and the
fourth sigieatssiggsonsistingbda frstdpvalrse Filr dERFB (831 »sgend Higle Passililfeh si gnal
810. {41 paitrgWi4fa sbdvadiEdualizesi TRad (1D 615, & weddngrpgiaviidedngd copdq 846
into a sixt ;Fqnal 8n and a seventh s g%gl 8115 '{%% %léxth abgqrgnal 811 is
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Filter (APEL 2 and .a fi.rst nanic Range Control (DRC ) 832. The
anpl i tudea%efg?(gw%ﬁogééﬂ%ﬁ%%} 6%%%%%8%@5‘ of the signal 811 are attenuated by
the HPF1 (814). After the | ow frequency conponents are filtered, the

L: g:}eioed &l 9R8harRL Gided HREN 1ol ERG LSl 8ol e rfR: (BAQd fiohoRdbAptda of the

seventh signal 605 and an eight signal 608. The seventh signal 605 and the fourth signal

601 are passed to an accumulator block 609 to generate a accumulated signal 645. The
signal 645 is passed through a series of components consisting of: a High Pass Filter
(HPF1) 626, an Equalizer Filter (EQ3) 611 and an All Pass Filter (ALP2) 612. FIG. 6B
25 shows a gain-frequency plot 643 of the HPF1 whereby a curve 646 illustrates that the
HPF1 has a cut off frequency of 180Hz. The EQ3 (611) is catered for the driver frequency
response and the ALP2 (612) is to optimize the phase difference so as to provide better
focusing. After being processed by the series of components, the processed signal 620 is
divided at node 647 to generate a left +0.5 input signal 621 and a right +0.5 input signal
30 622,

The left +0.5x input signal 621 and the right -0.5x input signal 622 are mixed with a
+0.75x left signal 623 and a +0.75x right input signal 606 at an accumulator block 624,

and at an accumulator block 630 respectively. With the mixing completed, a processed



io -frequency conponents of the filtered signal 817 to generate an

equal i zed signal 823. The equalized signal 823 is passed to the ALP]. (826)
to generate a second filtered signal 829. The ALP1l (826) is used in the
processing of the signal 823 to optim se phase response to give better
centre positioning focusing. The second filtered signal 829 is passed to
the DRC1 (832) to apply an appropriate gain so as to generate a first
processed signal 834 15(+1). In a separate signal path, the third signal
803 ihs pasiged Gzhﬁ@g@%ra’:teé et ﬂ&sle?flnpﬁn'ﬂ)ﬂé’lgigﬁﬂfﬁzgris Pagied anlroe'gtgaa;bnwacessi ng
in the sane way as t ser.l co or the r st a :
o {1 cut SO B eI B 4 T80 oS e ey b =bpn Febset KR ROD, e
20 bl ock @zfanda DemeniaRange SomgraA (DBROY). 63bhte gelhayaiala 80cessed sinal 6d Iata node

845 into &P#atcesgl gl at%ﬂgngﬁ&f%@l §oR0MsRh Al 803 éél%?atéd hide rﬁ{xg{gagh%s

i s passed rou series Pass
Fi |t ers (HRELE p@m&ssed i thesﬁtanEq'MlaSihQ brogessed signal(égsgsjf @gignal H3k tpaseesls Fi | t er

(LPF2) 820l Serdids' sileoRARHE HAGIR Qﬁrﬁ h é@@%meﬁé%m 695%&%9 a

second processed_si gnal 5 whjch 1s out hase w t frrst processed

25si gnal Bguplizegy Fifer %ﬁﬁo@c& g ﬁ@b@ﬁ%Bﬁ%ﬁe erpieol 4@8&%6@,6 Yhatnesso 4 0. 5 of

the si gnaprodésédd 1658 ghena 4 &b3, 6@)%nﬁinc@§]ﬂle$hﬁq@qu&i’€9)m§1 iveaPpag&ed to an
adder/sung%éﬁgn bl ock 847 to be added to generate a signal 813. The signal
813 is pa

H§h™a series of components 30 consisting of: first Low
Pass fol ter (LPFI) 816, a Hi gh Pass Filter (HPF2) 822, a second Equali zer

Filter ( Dynam.c Cont.r 833. JAfter

pr ocessi Eg%g gmé’ﬁ%vg&ggg 6Ss'3l% %Ong 5 § %lﬁn%%n"ﬁb lépﬁss EPea“ aflé‘node 850
into a fiblstk anmﬁmtemﬁmieﬁme’d(lmt@ﬁm Qgﬂal@nd 'Eheswocﬂsshd:ﬂgmb@ﬁ?eamd
processe i fﬁ.}m and the
first pr gg%sfg hbﬁg{%er Sl%%l a-ar (Sai%ggégfeb to aﬁﬂl?{:}( 90%%(%%%%%&@ ?g{dgfgﬁlgtr ate the
first si d@efttPl'gﬂF@@EJR)lﬁé?gnal 841. The first subwoofer processed signal 837
and the second processed S|gnal 835 are passed to an adder block 840 to

enerate the second side.r SR 5 9 LEFT. . REAR Rl GHT AND
gREAR LEFTF ER@E@SS r{T@&mL of tlge Front Ce%ter (Fg) Process Unit 0ptE1'on B) 700. The

FC process unit 700 processes the Lin signal 111 and the Rin signal 112 in a similar way
to the FC process unit 600 of FIG. 6A except that there is further mixing after a dynamie
range control of the respective signals and the subwoofer signal is also mixed after digital

20  signal processing.

SIDE RIGHT PROCESS UNIT

FIG. 8 shows a block diagram of the components of a side right (SR) process unit 800 of
25  the side right (SR) speaker 106 according to an embodiment.

The side right (SR) process unit 800 generates the output surround sound signal
comprising a first side right (SR) signal 841 and a second side right (SR) signal 842. The
SR process unit 800 is configured to receive the Lin and Rin signals 111, 112 wirelessly,

30 and process the L and R signals separately and independently, and eventually produce
the output which is the surround sound signal comprising first side right (SR) signal 841
and a second side right (SR) signal 842. The Lin signal 111 is divided or split into a first
signal 801 and a second signal 802 (+2L-R) at node 843. The Rin signal 112 is divided
into a third signal 803 and a fourth signal 804 at node 844.



FIGS. 9, in and nillustrate a side left (SL) 900, rear right (RR) 1000 and
rear left (RL) noo process units respectively. The signal processing in
each process unit is simlar to that descriptionin FIG 8 for the side
right (SR) process unit 800. In an alternative enbodi nent of the invention,
the speaker is capable of having placggent information associated with a

pl acenment of the speaker within a surround sound environnment. The speaker
is then capabl e of producing a placenent specific 15 output signal
associated wth the placenent of the speaker Wi thin the surround sound

capabl o of 18 SH Rl 607 Aad s Fub T RE B0y i eided B BBE TR b0,
However , gemeratiela fifthrsignel $1oe Ialtmwléuﬂmsmelf{fth ognal Bhe;qfnﬁhes@wdgd ghnddei s
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requires E@ﬁg@hﬁﬁeﬁﬁsﬁ (HOH) W LIRE A1P Phe FRECIANRS) BY6 thA PHRESHBAAG UNIt

froman ex nal source based on a_uniq entifler associ w th the
recei ver . R ﬁ%%@ﬂl%fzo?h%%hwf@ﬁﬁf%aﬁ%nay F@Pﬁ?ff% %Itg‘éé}gﬁﬁlt of the
speaker C@Hn@é @L@erﬁﬁte@n@ tBé HPP €3139l dAftéromallove Reqkby Atswird Hitérelihe

i scussed i DI gaPd Ty i on sk 9, iy%@é“”i%oép%% ARl o bt S Lo B g
f50£Ce) i;:l g freqtaacyfxpmr[pmpemtab’éthe\ﬁltiefedtagnlab&w th gsnebate an d@sadivedodghal A23. HEhet on. |
R R e
vari at i onBheoALRi(@p6) laaﬁadomhe processing bé%ﬁl&i@k&&;rtoavptlmsﬂlmsmsm@y be
made wi t hgut b&?d?%@ﬁ&é‘goélﬁ&ﬁﬁ%i%%uﬁﬁfs’?ﬁﬁ séc@f{&ﬁl‘tél‘é& sxgn%i%éé‘-xé'p%/ée& to“\ﬂﬁaoeaker

for generatln? surr nd si Sp eaker nmprising a
pr ocessi nBRGH{8323 sxAPRIY @EéPPYS’P”F@)gaFéﬁCE?Sv"é’ %@ﬁeratfcﬁ 8r% wgqmseq%awﬁgf??at | ef t
channg} (td).signal and a right channel (R) signal;

in a separate signal path, the third signal 803 is passed through a series of components
for digital signal processing in the same way as the series of components for the first
signal 801. In particular, the third signal 803 and the signal 801 are passed to an adder
20  block 806 to generate a signal 807. The signal 807 is divided at node 845 into a first
signal 808 and a second signal 80¢. The first signal 808 is passed through the series of
components consisting of: a first High Pass Filter (HPF1) 815, a first Equalization Filter
(EQ6) 821, a Low Pass Filter (LPF2) 827, and a first Dynamic Range Control (DRC1) 832
to generate a second processed signal 835 which is out of phase with the first processed
25  signal 834.

With regards to the subwoofer, the second signal 809 (0.5 of the signal 807) and the
signal 812 (0.5 of the signal 810} are passed to an adder/summation block 847 to be
added to generate a signal 813. The signal 813 is passed through a series of components
30  consisting of: first Low Pass Filter (LPF1) 816, a High Pass Filter (HPF2) 822, a second
Equalizer Filter (EQ2) 828, and a second Dynamic Range Control (DRC2) 833. After
processing, a subwoofer signal 837 is generated and is divided at node 850 into a first

subwoofer processed signal 837 and a second subwoofer processed signal 838.



(b) process separately and i ndependently the L and R audio signals to
produce processed signals; and ro(c)m x the processed signals to produce

t he surround sound signal. 2. The speaker according to claim 1, wherein the
processing unit is further configured to filter the received audi o signal
such that the surround signal is filtq§ed. 15 3. The speaker according to
any one of clainms 1 or 2, wherein the processing unit is further configured
to process the received audi o signal according to one of: an equalisation
char act erTlsd decondasnbweofelypretdssed sigipb sshaidibie Grst processed signal 844 atdyeessgdeaker

according to n f the preceding.eclai furt ri.Si n 20
et Blely B TR R s e e R R e o
accor di ngprocesagtysigmad 8gF andhepeemedimepssddaiigre] Sgtharegiansetie apraddeddoakg uni t

includesg%t Ogﬁﬂﬁﬁ&thg%%éﬁﬁﬁd%ﬁ%hggﬁjﬂﬁﬁﬁggﬁL and R signals. 25 6. The

speaker ordi ng any recedi ng ' cl ai ns, wherein the left channe
signal5 has a junction which splits the left channel signal into a first

portion agithrey I8¢ RRARPAGHTOAND REMELEBPERKGCESPCGRITH ng to claim 6, wherein
the first portion signal 1S procéessed by 30 a high pass filter, an

equaliser, an all pass filter and a dynam c range control; and the second
portion SF@sab, icSandl@Gessatk Dsidalehti (81) RS Fedririghe (RRPID 0BG rb &R (RL) OW pass
filter and a d%nanic raqgﬁﬂgﬁnHﬁpl. éQ 8. The.speaker accardin%ﬂto any one
of the prHOGAFESL I ESPRGH e The cismabpracionine Jg T RaeeSy WP IS iy iy
driverss, thatddstéptizmdn &G .Rifol efetsideright (3R)tprodess et 8aci.gnal s are channelled to
| eft and right drivers respectively.

In an alternative embodiment of the invention, the speaker is capable of having
placement information associated with a placement of the speaker within a surround
sound environment. The speaker is then capable of producing a placement specific

15  output signal associated with the placement of the speaker within the surround sound
environment. The speaker of this embodiment will have a processing unit capable of
carrying out the processing of audio signals described above. However, in addition to the
above description, the processing unit is further configured to process the received audio
signal including the L signal component and the R signal component in association with

20 the placement information to produce the placement specific output signal. This requires
the placement information to be received by the processing unit from an external source
based on a unique identifier associated with the receiver. The placement information
may include a relative placement of the speaker compared to one or more additional
speakers placed within the surround sound environment.

25
Appreciably, where similar, the foregoing discussed with regard to Fig. 2A and/or Fig. 4A
applies analogously to Fig. 5 to Fig. 11 as appropriate.

Whilst there has been described in the foregoing description preferred embodiments of
30  the present invention, it will be understood by those skilled in the technology concerned
that many variations or modifications in details of design or construction may be made

without departing from the present invention.



5 9. The speaker according to claim8, wherein the processed right channel
signal channelled to the right driver is out of phase to the processed |eft
channel signal channelled to the right driver. 10. The speaker according to
any one of clainms 7 to 9, wherein the high pass filter is 10 configured to
have a cut-off frequency of 70-200Hz. ;8 The speaker according to claim
10, wherein the high pass filter is configured to have a cut-off frequency
of 200Hz. 15 12. The speaker according to any one of clains 7 to 9, wherein
the low pass filter is configured to have a cut-off frequency of 1200Hz.

13. The S@ﬁﬁﬁﬁ% according to any one of the preceding clains, further

conpri ses’a Sub-woofer unit is coupled to the speaker, the sub-woofer unit
conprises a |low frequency 20 effects channel formed by a conbination of the
L and R audi o | pEAkEL r rein the
sub- moofgg unf% %ﬁ%ﬁﬁ?ﬁ%ﬁmuﬁmgé§SS|ngdU%ﬁgﬂiﬁ% 8&%%§$g%$gg§§ sgﬁgcted from
t he gra)upproeﬁswgﬁnﬁa@sﬁgumdter a low pass filter, an equaliser, and a

dynani c range Gpnt rn@keived auaﬁy sigHABhARRAKRH RHGRT et RgnhiGind 7§h|96hzﬁ1fnep| aim
14, wherein the |low pass filter has a cut-off frequency of

16. The speaker ac ﬁgﬁﬁ’to any one of claim13 to 15, wherein the
sub-woof er hasb30 IptdBsbeesdrately albukdep8ddntly thé. L AndeRhadlié aigrgbner ating a
surround sound signal ,in a s kerﬂ_th met hod conprising: 20 (a)

recei ving an audlo]¥?@ﬁﬁwnﬁﬁg?ﬁ§gﬁ Féwﬁ channel (L) signal and a right
channal (R) si(@hal ;mix the processed signals to produce the surround sound signal.

2, The speaker according to claim 1, wherein the processing unit is further

configured to filter the received audio signal such that the surround signal is filtered.

15 3. The speaker according to any one of claims 1 or 2, wherein the processing unit is
further configured to process the received audio signal according to one of: an

equalisation characteristic; and a dynamic range characteristic.

4. The speaker according to any one of the preceding claims, further comprising an

20  amplifier configured to amplify the processed signals.

5. The speaker according to any one of the preceding claims, wherein the processing

unit includes a wireless receiver to receive the L and R signals.

25 6. The speaker according any one of the preceding claims, wherein the left channel
signal has a junction which splits the left channel signal into a first portion and a second

portion.

7. The speaker according to claim 6, wherein the first portion signal is processed by
30  a high pass filter, an equaliser, an all pass filter and a dynamic range control; and the
second portion signal is processed by a high pass filter, an equaliser, a low pass filter and

a dynamic range control.



(b) processing separately and independently the L and R signals to produce
processed signals; and 5(c)m xing the processed signals to produce the
surround sound signal. 18. The nethod according to claim 17, wherein
processing includes: (a) filtering the L and R input signals; (b)
controlling a dynamc range of the filfered signals; and 10(c)anplifying
the processed signals. 19. The nethod according to claim 18, wherein the
signals are processed by any one selected fromthe group: a high pass
filter, ag.l ovaas:@eiHef h&ordiag F\o ﬁn@ssne‘ d')ﬂdtherpreoadlingqlaahk,&dfe,reiﬁﬂﬂe spedierani c
range control. 15.20.. T t ho ordin ny. one o ai .18 or 19,
Wherei n BT oa AN e ety ond HEPpractite i 398 e ERPREDRRIE S Second
porti on. dhnidlled helefiadd aighodriliengresmectiiady.m 20, wherein the first portion
signal is processed 20 by a high pass filter, an equaliser, an all pass
filter and a dynam c range control; and the second portion signal is
processed-by &hei spralsasscording dp claam Sgukdreinethe paodessedpigh chinnebsigagld a

dynani ¢ rangeele@Nb @k rigt- dier FBbiedr 306 ] B bR caidYd WIE cRindelSigRiIeCEdi Ng
clainms, wherein the processed 25 left "and right channel signals are

channel | edrapgeliedfq themight &R dri vers respectively. 23. The nethod according
to claim 22, wherein the processed right channel signal is channelled to

the right driver out of phase to the pr.ocessed | eft .channe] si gnal .
chan nelgl o9 t O\Lﬁﬁép?q mlccgll:cfil%p any one OP clalcms 7 to 9, wherein t enl'%gfl passqﬁter is
10  configured to have a cut-off frequency of 70-200Hz.

11 The speaker according to claim 10, wherein the high pass filter is configured to
have a cut-off frequency of 200Hz.

15 12, The speaker according to any one of claims 7 to 9, wherein the low pass filter is

configured to have a cut-off frequency of 1200Hz.

13.  The speaker according to any one of the preceding claims, further comprises a
sub-woofer unit is coupled to the speaker, the sub-woofer unit comprises a low frequency

20  effects channel formed by a combination of the L and R audio signals.

14.  The speaker according to claim 13, wherein the sub-woofer unit comprises a
processing unit including any one selected from the group: a high pass filter, a low pass
filter, an equaliser, and a dynamic range control.

25
15. The speaker according to any one of claim 14, wherein the low pass filter has a

cut-off frequency of 70-200Hz.

16.  The speaker according to any one of claim 13 to 15, wherein the sub-woofer has

30  12dB boost at about 180Hz.

17. A method for generating a surround sound signal in a speaker, the method

comprising:



30 24. The nethod according to any one of clains 19 to 23, wherein the high
pass filter filters the signal at a cut-off frequency of 70-200Hz. 21 25.
The net hod according to claim?24, wherein the high pass filter filters the
signal at a cut-off frequency of zooHz. 26. The nethod according to any
one of clainms 19 to 23, wherein the Igw pass filter filters the signal at a
cut-of f frequency of 1200Hz. 27. The nethod according to any one of the
precedi ng clains, wherein the audio signals are transnmitted to the speaker
wirel essly. (.¢) 28.rdheifigehhasidRCEighAi Hagingoa defy cl@eD{L)t ignhapraad ediigigr cl ai ns,
wherein a portion og thg 1é)etatijﬁ‘]c_hannel signal and right channel signal is
transmitted to a sGPERRSOSR &ML | 29. The nethod according to clai m 28,
wherei n t he si(@hal proesdEny sapatngely had sndependehdy thenLtandResipnae easpredudey any
one sel ected fromttllgcegsreaté 'aﬁ_zjihidgh pass filter, a low 15 pass filter, an
equal i ser, and a dynam c range’ control. 30. The method according to any
one of5 cl ai ns (88 omizihg théproeéssed fgnalsiw ppediwe flid susouhd baumdsignhe si gnal at a
cut-of f frequency of 70-200Hz. 20 31. The nethod according to any one of
claim28 to 30, wherein the signals are transmtted to the sub-woofer unit
wirel ess|yg:  Themethodagepishipgtoglaimar.syhereippracsingineladest onpri si ng a
Er;ansn‘ittfar fqﬁ)trmﬁﬂhgmmmgiﬁg{ﬁﬁgg@g}el (L% siglnal and a right channelh
R) signal to speaker.accqrding to a e .25¢! ai ito 16. 33. The
syst em accor di(ﬁb t $oRrellipng 3 dynagp F%}gﬁ"?ﬁ’@?&%ﬂ%@ﬁﬁ“@%nﬂf ses 7 speakers.

10 (c) amplifying the processed signals.

19.  The method according to claim 18, wherein the signals are processed by any one
selected from the group: a high pass filter, a low pass filter, all pass filter, an equaliser,
and a dynamic range control.

15
20.  The method according any one of claims 18 or 19, wherein the left channel signal

is split into a first portion and a second portion.

21, The method according to claim 20, wherein the first portion signal is processed
20 by a high pass filter, an equaliser, an all pass filter and a dynamic range control; and the
second portion signal is processed by a high pass filter, an equaliser, a low pass filter and

a dynamic range control.

22.  The method according to any one of the preceding claims, wherein the processed

25  left and right channel signals are channelled to left and right drivers respectively.

23.  The method according to claim 22, wherein the processed right channel signal is
channelled to the right driver out of phase to the processed left channel signal channelled
fo the right driver.

30
24.  The method according to any one of claims 1g to 23, wherein the high pass filter

filters the signal at a cut-off frequency of 70-200Hz.



34. The system according to any one of clains 32 or 33, wherein the
speakers are 30 located in a single speaker enclosure.
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25.  The method according to claim 24, wherein the high pass filter filters the signal at
a cut-off frequency of 200Hz.

26.  The method according to any one of claims 19 to 23, wherein the low pass filter

filters the signal at a cut-off frequency of 1200Hz.

27.  The method according to any one of the preceding claims, wherein the audio

signals are transmitted to the speaker wirelessly.

28.  The method according to any one of the preceding claims, wherein a portion of

the left channel signal and right channel signal is transmitted to a sub-woofer unit.

29.  The method according to claim 28, wherein the signals received by the sub-
woofer unit are processed by any one selected from the group: a high pass filter, a low

pass filter, an equaliser, and a dynamic range control.

30.  The method according to any one of claims 28 or 29, wherein the low pass filter

filters the signal at a cut-off frequency of 70-200Hz.

31. The method according to any one of claim 28 to 30, wherein the signals are

transmitted to the sub-woofer unit wirelessly.

32.  Asurround sound system, the system comprising a transmitter for transmitting a
left channel (L) signal and a right channel (R) signal to a speaker according to any one of
claims 1 1o 16.

33, The system according to claim 32, wherein the system comprises 7 speakers.

34. The system according to any one of claims 32 or 33, wherein the speakers are

located in a single speaker enclosure.



