;fue3eh,e. 6T, DK& Fully Digitized Audio System *coooo2* Field of The

I nvention [0001] The present invention relates to an audi o sys m
particularly to a fully digitized audi o system desi gned on thet“ﬂmu“mmﬂ““ H“‘
nechatronics. Related Art [0002] Audio systemis everywhere nowadayg,

acoustics 10 requirenments on audi o zgstems mgem ally on donestic systems
are increasingly so strict thatFullydpigitized A

o Jystemdy been
consi deration. The conventional audi o systens are designed on E@WB&B] "ﬂﬂ"

anal ogue signal propagation and process, with the exception of
circuits su ) | tal a di o signal sources and decoding circuit $09%*f or
respective rces. The existing digital circuits in

conventional Syt tNUOBredint BRUchtiBh PR |4 ARA! % SHBHIYl B rof

anal ogue nature. Ions o analogue Cl rcui result rn distortions

in agdio si %héulh‘igurtb'é‘%ﬂ‘y H itiogd Audibss d&ﬁiéﬂu%ﬁ’i‘gheﬂhén Cth@l BadisOBT | nput
via process, transnission, |cat| on and etc | oud- speaki ng, and 20

di fficul ti emechatesnigs. and rranuf acture as well. Since, especially, the
anplification circuits and | oudspeakers of conventional audio systens are
not designed as integrated systens (not designed according to

mechat r oni cg! thEre are, of course, nmany problens encountered which are
difficult t one systematically, and mainly consist in follow ng 25

obaspeaker /1 oudfiler i’ RN b PRSSREREh A, TR PBliffee.
frogpanal og &qﬁiﬂefﬂe&@'&ﬂ £bdo) Y960ny OebcidaRy CoR TRbhdsfie! kotefi] grvier 30

out put anplificati stortio and” power | osses fTes from
passive pomahcfe"aemgmc)sodlsmderﬂla(tl sapeaski-tfis thae @liteady ibelear mait iiAmedance
towards | oudspeaker units and decrease in conpliance); 4. conplexities and
di fficul ti esconsidexatipbac flivei egneandicndl wetdm@yateﬁnsemdeb@nedmn dhéfbasid ti es

i n handl i ng phase frequency di stortl o] r transient tgl stortion due to high
conpl i cat i orPfotnalguprignal peRpAsat mé) eRfPE?ﬁSstW\’fB £ exreption ef sp@em

il 1 cat | GHEPBL SHEERH] J4f0s 5’%@}&3‘?@@%@& Jenioiiger g TERdiPera o
orEAST ] oo Rrtfl bRl D gy YTl  TINNE Ml cUElte I
consi stency @iﬁ@ﬁtl@h@ﬂ%@h&mi&h@&@ﬁerﬂeOpSarTiMB dmyebdtitationary modules of
analogue nature. The limitations of analogue circuits result in distortions
in audio signals occurring at various links throughout the chain from input
via process, transmission, amplification and etc. to loud-speaking, and
20 difficulties in design and manufacture as well. Since, especially, the
amplification circuits and loudspeakers of conventional audio systems are
not designed as integrated systems (not designed according to
mechatronics), there are, of course, many problems encountered which are
difficult to be overcome systematically, and mainly consist in following

25 aspects:
1. difficulties in load matching between an amplifier and a

loudspeaker/loudspeakers;

2. linear and non-linear distortions resulted from analog

amplification (including voltage pre-amplification and power

30 output amplification);



[0003]. I't is an object of the present invention to provide a fully
digitized audi o system adopting digital transm ssion and digital process
for the whole procedure, in which the sound box, due to an integrated 20
mechatronic structure, offers high f delity, higher controllability, easy
assenbl i ng, conveni ence in manufacture and adjustnment, as well|l as a higher
per f or mance/ pri c8. distogionsooen] paweabdosseashjrssulted tfhemi rpassiveonpeaerbe
achi eved by a full¥ digitiz&d.@udiz.systenLinq{udkgS a .decod .and(found
field acoustics 25UEAUEREY pilydeds (imctease e thead \bto\ABPef%]SdF}Re ance

characterized in that_djgital auydio sjgna utputted from a,decode and
sound field acoust ¢ ag#s%gg?sg&;#(ceés}guﬁgwd ?g&fegggll%%gn}%WSP’ and encode
unit, where the gudj i Sk d | ed
Wth adigtal sausatpigares A8 BAhRles 1 RantR IR R PAUSAHD) B
contsol and encodesgid bog® [ 0005] The object of the invention can be
further achieved 2 through follow ng features: the control and encode
unit includes a 6idiffeduliesiin hagdHhgcphasefredjuender distortimnuror tradsfamict i on
controller, a digital audio_ and control encoder and a digital transm ssion
term nal, wherein, digtortiathedd¢ gta ahigludeempligatont odmthe e phaswriiequeackound

field acoustics 5 effec rocess unit i.s processed hy the digit audi o
si gnal channel divF %‘ia,C%‘?rﬂ%l"(,soH?rcﬂn ﬁn&ﬁﬁlosﬁg% ’Eq-{bgle;&ﬂﬁﬁl fﬁ@pﬁhﬁfﬁ i(%Bn

controll er and ot hf: u{sﬁfeﬁﬁ&%ondi ng control signals are encoded into a
digital audio signa rough’the digital audio and control encoder, such
thatjpa standard Gnﬁ%f?i@iéﬂ«lﬂ" th bw&admﬁliﬁ@ﬂfioﬁtfe@ﬁfﬂlfé)m%' Oél‘}geﬁﬁéﬁﬁ%
information is 10 formed and outputted fromthe digital transm ssion

term nal. In addit hanufadtery @dostdol goweat amiplifocitionl baitsiin hblfe systeanyt r ol
a gate circuit and an acoustics effect processor. A digital sound box unit
includes a digital andx termnal, a digital sound box signal processor, a
power anplifier,_a | oydspeak

r.unit. and sound boxes. The standa ncoded
audio digital 157s fPeE rulties Ha a?ﬁgfla?n‘f rTAY ascé‘i'f&noge;r\gﬁ ﬁarf?is,

after being fed in i.gital : 1 . j ect i gital
frequency divisi ong?%%&%t‘g*tﬂp‘hg%gé&?ﬁ%éﬁé@ %@s}%@#&)ﬁﬁm&%ﬁ&ﬁc@i

anplyist ude- frequency correction, digital volume control and digital peak
val ue correction through the digital box signal processor and, then,

di vi ded i nt oStenerty GOTheMavemaomel s of digital audio signals with
different responsive frequency band to be fed to anplifiers and, finally,
to drive the | oufi@@@Hkerltusian obfectdéfytheapressmtdnventionito prosadé eediglly he
condition sigpal, related to the digjtal, sound box back to, the control and
encode unit HHHE qq%ocﬁyaretrala{inﬂm Gigatalo frannmission andle digiggl; process
transm ssi ong25.:t et [al 1 gl tal: kagal ;. process

speaker uni tf(grng{et Meﬂ(ggxprg-rggﬁ}l%’gmngjc lgl?;{ggi %‘g}hsdtmrbggt lfi_ru[eé_. 9%%2‘ et_g%ltt]arelg%nd
soung fi el d AteHIIbAR SHAREIrD! OTERS high | fillBfiby ORfghRr b dtkallaBiudy 0 chgy Ce,
a digital audio source iInput connector,; an andlog audi o source, an anal og
audi o sour ceassemblimgnoensva@iiened ianalaagfhorugde girtdladjudtiDentoneenetlr asaagat e
30 circuit, an acoustics effect processor. The acoustics effect processor
can 3 out higherperformance/miesratic of digital audio signals to the

control and encode unit._ Further, paraneters_ such, as cut-off_ frequency,
anpl i t udef r equendQ0Q4Y; r cEl§ cﬂli’,ovﬁh‘a&é’@f r‘g‘qﬁ'&]é@v%koﬂbﬁpoﬁ’ﬁ &?B“i}@gikﬁya? ue

box uni tcantly e Rusd8 SRS BRI G oluhTicliHdspdt0)

The xgontrol g cgﬁgc/%ci):‘r%s 31{:‘1'61} a§’fwegh§s RISSWEE sEYSIye ChaffcbriSsd %étgdlirggt‘é@“ 0

signal inputte t1 zed anal’og audi’o Signal froma standa

connector, shgdid sighats eurpmesd fFom a davdideohnd oantatieldnadoastiow effect
condition signals fed back via the digital transm ssion termnal. 10

Vari ous si gnpteceas aipt o ded dd amcontnod coald edcode ainity whetehthev ahidiroe sigmal
function control unit and the control and encode unit. The encoded data
streamis oupdtcoairol mignajrenenencndgdt and couplad withoa digital pewnd Pex waisndar d

encoded audi o, di gi.t.al, signal stream.o utted framthe coptrol and encode
unit is fed YH"Eﬁég‘g‘?lgtF?‘gﬁmhsétﬂ{Ht%B&?ggﬁ’dﬁ‘lﬁe‘é‘H%@ka@%%q ¥m the digital
30 [0005] The object of the invention can be further achieved
2




15 sound box are sent back to the control and encode unit via the digital
transm ssion termnal, transm ssion nedia and the digital sound box
termnal. The sound box and the digital sound box unit adopt digital and
mechat roni ¢ conception, wherein the standard encoded digital audio signal
streamfed fromcontrol and encode unit, through the digital transm ssion
20 terni nal thionghufgliawing festatespthecorisphand iengodeandutiicdudeyaadigitabm t he

control signal, djgital freguency division, djgital phase-f{.requenc
correction, 28I tssanairﬁhanpa arvidgs  eJumg;and: fangio Femrsileo,omﬁgﬁebmro|
and digital ak value caorrectjon throwgh digital box.signal pr.ocessor,
especially Bﬁab‘? @P?v%mgf@i ?%?O%a%({]ﬁr(z%ﬁ@igga@g%ﬁ%‘@ﬂ geﬁfmﬁf‘gi‘ithP%Hm i tude
25 frequenc rheckd I i r 1el eof
so a5 to enined GRCheRA ImdClsigd, 6k HOdRLoGORhEN oY ARE BEBuHEE 7 o
the gli gi t al effiebdpRRVEsNidit TENPrédedséd! by othed dbg%aluﬁhﬁi@ﬁ%nﬁle%%%nﬁéri ous
rel ated signals back to the control and encode unit through the digital
sound box udivideey thenabntrobl sigreal sfiross thon vohudne. arRD {001 cOhéaopree sand

i nvention has foll ow ng advant ages over_ prior 4 art: [00'08‘13@1 ]
| . di storti oetheragosresponding eoniiohasiganky a5t cencodedniniei andigitrlapudiy

Cranor s v R AR HRE AulEERE b bR,
oatepearer CaRAGEE b IGT fibfaf SRR nciftEd Skl fiBHhafchOis o
guaj@nt eed *f{;ﬂﬁea ig@l M%gﬁtgq ﬂ?bgﬁ%lfhegégéri]th‘l itPohsREiQ¥oneR rnAC TH ' dd8livn,

adj ust ed anpl1tude-freq y an ase-frequency 10 characteristics by

means of pr ehié &olwteagdfiadaipn yenteoleeitsableord thivobh ddie chwlieapdagedur e
(mainly for the anplitude-frequency distortion and phase-frequency

di storti on rmesustiedeffeonprdresseredk digitali soundnzox voitdnalpdsisandigital dueh
speaker unit, sound bqx, digital divider, anplifier, and etc.) (0011] 4.
the sound bé&rmweég@aéégltﬁnépw RP% HagRek PLPgESSPhe 21BOWGH RPREEETs dand t he

i gher por f Sy iNEAREh JF RpfioRh pEREY., The RaffhnohcHARr LR ikl o
| nt B faces eaPli dite R YVirBRN WA LY HAnBMIELIGH t%ﬂﬁmlb&X%?t&fbahggfeﬁ
fidelity accotrding to the present system [0013] 6. suifable to Ss

production, jhfd fed digitlasourd téivhinkl( subjedterbey ligithhfiguehty fdivisiehem due
to the design principles of the present system whi ch nakes the production
cost reducedigiald tpleaserfrequency nptofreetion] 0odigfital. emplitadesfrgguency of a
whol e set of system resulting in a reduced update expendjtures. 25 [0015]
8. acousti c§oBiectione digital; yohune nepnteelamnd Segidalyipegkt yaluggicprerssion

and advancediin e Jighih Bof igadl BidheY Enduml Rriddf il ie P o
scegg ef f echgore3kiBinnels Do Chiditdohudio TR IANAMMIES different responsive
frequency band to be fed to amplifiers and, finally, to drive the
loudspeaker unit. The digital sound box unit. also feeds the condition
signal related to the digital sound box back to the control and encode unit
through the digital sound box terminal and the digital transmission
25 terminal. The digital sound box signal processor, the speaker unit and the
box are in a mechatronics structure. The decode and sound field
acoustics effect process unit includes a digital audio source, a digital
audio source input connector, an analog audio source, an analog audio
source input connector, an analog-to-digital (A/D) converter, a gate

30 circuit, an acoustics effect processor. The acoustics effect processor can
3



=Y [0017] Figure 1 is a block diagramshowi ng the circuit principle of
the present invention; [0018] Figure 2(A) to 2(D) are bl ock diagrans

showi ng the four possible fornms of control and encode unit; 5 [0019] Figure
3(A) to 3(D) are block diagrans show ng four possible manners of connection
bet ween control and encode unit and the power supply; [0020] Figure 4(A) to
4(C) are bl oslpuditage arsmerpehagnelsrefedigitali sidiontignalsstonthec oantrol jand

bet ween control , & encade unit and digital 10 speaker; and [0021], Figure
osis R ATl g RATAShETA: HF A8 GOSEk DIFEaNEYlr AmBlINHE

gi(gi)tglndsgﬁﬁ‘} B nit0 .tgirl r'gt’bc% ofc:gr gfz reg ng{)di ment, 15

[ 0022] Now F‘%@ gﬁ%‘zeﬁt Fﬁeﬁl ﬁlti (Pﬁ%aﬁlt* (i)ee ggsccf rﬁgc} (Flh 8 aiqea‘&/. X%]éﬁs of

preferred eghgdbfBRIT fHR &%wam%garb& %rgr&érepr%eegmayehr&gd@mw J¥d [ 0023]

As shown in Fig 1, a system according to e ‘present 1 nvention conprises a

decade and bexnghif ¢t Be%@?&lﬁéﬂfbg £56@8d bR aMetdt 4djdStn2éht whipovwer supply
21, a control and encode unit 18, a digital sound box unit 19 and a sound

box 17. The dec§@@06hd Fherdnirnodlandagrmuesiei wisit efffthe tprpsatesystemireceives
conprises a digital audio source 1, a digital audio source input interface
2, an anal ofligitadi andieusignakinpttedh andipradigiized anglog apdio signalifiem 2, an
Al D converter 1§, ate circuit 6 and,an acoustic effect 25 processor, 7.
The cont r ol SendaeheBRRSsRrsiEpalsErrd YR TR i Caritlinberfacd A Sound

box condition signals fed back via the digital transmission terminal.
10 Various signals are processed and encoded digitally in the volume and
function control unit and the control and encode unit. The encoded data
stream is outputted through the digital transmission terminal. The standard
encoded audio digital signal stream outputted from the control and encode
unit is fed to the digital sound box, and feedback signals from the digital
15 sound box are sent back to the control and encode unit via the digital
transmission terminal, transmission media and the digital sound box
terminal. The sound box and the digital sound box unit adopt digital and
mechatronic conception, wherein the standard encoded digital audio signal
stream fed from control and encode unit, through the digital transmission
20 terminal, is subjected to steps of separating the audio signal from the
control signal, digital frequency division, digital phase-frequency
correction, digital amplitude-frequency correction, digital volume control
and digital peak value correction through the digital box signal processor,
especially predictive digital phase-frequency correction, digital amplitude-
25 frequency correction as well as setting of control parameters thereof, so as
to ensure high fidelity and high stability for the audio output from the
digital sound box unit. The digital sound box unit also feeds various
related signals back to the control and encode unit through the digital
sound box unit terminal and transmission media.

30 [0007] The present invention has following advantages over prior
4



si gnal- channel divider 8, a volune and function controller 9, a digital
audi o code and control code encoder 10 and a digital transm ssion term nal
11. The digital sound box unit 19 conprises a digital sound box unit
termnal 13, a digital sound box unit signal processor 14, a power 30
anplifier unitl5 and a speaker unit 16. Ag an optional, a speaker 6

par anet er adfUster may be provided for a user to further regulate the box
paraneters. [0024 ontrol, and process; [0025] The signal fromthe anal og
audi o source 3 i@lﬂgéht tchlﬁtWéUQnéﬁaP&ji hm%l@aupaéf ARYOBUE AFAIBISEION of

t he decode and sound f.iel. cousti.cs effect process ,unit 2Q of th resent
system ac ARRcAIppitatft PERE AR RRefy ol S STt Hroefiys of eftaf
general |y by; QLv.er Wl i is directly
coupl ed wi tél%@itﬁ%@gﬁ?ﬁ*& rg(rcgﬁ)ocfe-g?%gghﬁg?%It?élagﬁcﬁgg%ggﬂ%g% ?&'of t he decode
and sound field [@009!5“ os #idramhtidIPr ReessseUi telébtrRC dandPing 69 pdiRer
present system such that upon being selected fromnultiple input by a gate
circuit 6, taneplificatiod toi doedspeakernuhiieo tsothec adeptioni of tdigital deequiertcyand
processed for digital sound field effect (may include many functional
processes su@ldvisé@n.Dol by surround, Dol by digital (AC-3), DIS, DSP sound

e 5 A et i e S 00 St
divider 8 i nePREERD: ?gi‘&g%‘% Zanq‘qc@&@%fr%aﬁﬁ& An&ﬁdhe#g%edjﬁiﬁ%:gﬁge&i’%& t he
digigal signphrflteRsits s'yqaéérfsl ngmdieﬁvx%wn@dmﬁvé H?lgxbktﬁﬁat?&{"tl'ifﬁdg?{ 8

and ot her corresponding tontro signals (for ‘exanp e vol unme Tcontrol
si gnal , postherwheksptoveduet (siainp fenthémdeplirldectreguernndinbritograld are
encoded, through the digital audio code and control code encoder 10, into a
di gital sigmphlasetfreqrancy distontins resudtedd frome dhedspaaktico utiityi thel seundinlg
stream cont ai ni ng_control information which |{s, Qutputted fromthe digital
Cransm ssi oléRe Af fash speakes yrib2euneRoxX, digHal drier, anplificnand ea Br o

cther ot (7olondafors’ othg: S5pHE" Baki jftdebes, (Miufia’ dhe DRAEERO St rhe.
trapsmi ssi ofoRlsddikeR adRRRE 10085 Urp HbAdPn20 HAPA! by oY the

present system takes the formof "a variety of standard erial” protocol,

for exanpl e ddpested andaesu®igDinthiphet peeformbiredingi $iddpléfichtdors irgdasigns

carried in an audio data area of the S/PDIF whereas the audio data area is
defined as singl[80d2hnnél stenidardizedrinterfacesoenabbngoahy emanabrctbrusted) .
The vol une and control  codes, encodedcgqi %i tally,, 5 are |loaded in a user
code area (EPdYce soind Spyas of highestdidslity ageerdingdaithg preseisystemas a

[6029] Thet ype 10D13ha Br SRUAECI Hasd dtafiBRRsE: L Retiiciabeft 4v7d (F cor e
mai 5 y accoragb%) tchahfi6l mifggyme?n Auet@hé %e%égx? qarkmgle@i ENS f‘rreééht

wherein the data’ rate nust be“nore than 96K/ 32 and the distance to be
transm tt ed siystepy ewhidh niiakes . thédUsroduetioax @wst eredapedCadnd i ther ,prooess al
cable or twisted pair line nay be used. [0030] If the structures shown in
figures 4A, séBplifedare adopted, it is suggested that a pair of tw sted
wires be used as the transm ssion 15 nmedium _ Then the standard, encoded
audi o digital sil9848]st 7egasy arrangement of a whole set of system, resulting in a

reduced update expenditures.

25 [0015] 8. acoustics or tone quality accomomdatable according to
individual favorites due to the hi-fi platform structure design of the
present system and advanced digital signal process.

[0016] 9. diversified sound field scene effects.

30 Brief Description of The Drawings




nodul ated by a digital signal nodulator 29, then is mxed with the power
supply 21 fromnmains 32 by a digital audio signal m xer via a power
distributor 22 and a power m xing network 24 prior to being transmtted by
a pair of wires. On the digital sound box unit port 13 the nodul ated 20
standard encoded audio digital signal streamis separated fromthe power by
nmeans of the di gi®0di7]audiiguss bmsia%d@@iadaagr@m pleawb thescigewit pwingiple o f
separation nﬁtwork 34, whereby the power is fed into a sound box power
supply 35 wihf PresentdByendeRy” st andard encoded audio digital signal stream

by & di gital audti9i8) o EEUBRRT 45Tty BRSE Blactend Uil MECTRES T
the figure g)?s%ﬂolgqgﬁhgq,fo%qlgﬁg A edd¥leSptipd box can be supplied directly

from mai ns rough a soun oX power supply 35. [0032] After being fed
intosthe circui _t[(l_UfI9F he Fipgite B(AJOUHBUPX a2 bRICK rdﬁlﬁdgrja%as tsmdwinandan s
encoded audio digital signal is processed, s i ncludrng digital frequency
di vi si on, dipgissille phaseersrefjoemegctonr bebveem conirgl aad emquidet unit-dnd ghency
correction, digital volunme control and digital peak value correction by the
digital sourr®vRSUIKMal processor 14, divided into two or nore channel s of
digital audio si | s with different esponse spectrum and sent to a
power anplifier @@3@3 dritg¥rg ﬁé&pghk‘éﬂ)uﬁ% r@@"ﬁi&‘éﬁFWST Yig ttére%ound
box unit 19 I Lty ' ncode
anit 18 vi o RsSiole GRS S BB et eBh bl W ehcbBe YL hBY, ARsE
termnal 11.gpkQReBlanthe sound box 17 and digital speaker 19 are designed 10
according to mechatroni cs conception and adopt predictive conpensati on,

whi ch further opj00213es Rigereds¢Agnand 3(B) aseirtslobkxdisgramsasiowingvwo

foll ow ng design ideas to be realized much easily. [0034] Digital frequency
di vi si on: [ qaBSiblgmeanngrestf the digdak sourdl boxiusit.i s to di vi de the whole 15
spectrum of an audio signal into two (or three or nore) digital audio
channel signals of low, md in some case and hi gh frequency ranges so as to
drive bass, . j peaker units respectively after
bei ng processed LA S F : LSfe case and hi ghpass used by
thejpresent syst 22 N@weﬂm@&%em tify&ltgon abilf bt §&strtfed®RP R4 Hye 20
orders and appropriate types. gital division allows to inprove the

el ectrical dasmnofpareferrsdnaabodinidras pipwesnjumptiohi witht e ndsompanygigaker
unit, to use a nore accurate and higher orders of frequency division

resul ting i rdrawiiegs band overl appi ng bet ween both speaker units, and a
reduced phase distaortion. 25 [0036] Diigtal phase-frequency correction:
[0037] The ai m of0023 difks tsilp“ﬁhdgepig elqudn¥ystedr accordng; © the cpresent

phase-frequency distortion at ,all.|links of .t syste especially the

Phase 1 r equaneonfip8 B diesch d8edad, ohd foBh ¥l BEBUSGhs SEBEFbRtARle W) ane

of eaker j t \/ thClanc : ay"qi 0

act ?ge spect%qjn%s8?%?%(rag%?g)yngqb%xii&g@ngﬁgﬁpc?fl?l#gég?%hés(g-kprhggggggy .)‘39
unit 19 and a sound box 17. The decode and sound field acoustics effect

process unit 20 comprises a digital audio source 1, a digital audio source
input interface 2, an analog audio source 3, an analog audio source input
interface 4, an A/D converter 5, a gate circuit 6 and an acoustic effect
25 processor 7. The control and encode unit 18 comprises a digital audio
signal channel divider 8, a volume and function controller 9, a digital
audio code and control code encoder 10 and a digital transmission
terminal 11. The digital sound box unit 19 comprises a digital sound box
unit terminal 13, a digital sound box unit signal processor 14, a power

30 amplifier unitl5 and a speaker unit 16. As an optional, a speaker
6



[[0038] Digita~l anplitude-frequency correction: [0039] The object of the
digital anplitude-frequency correction is to correct the

anpl i tude-frequency distortion resulted fromsuch links as sensitivity of

t he speaker units, sound box 17 and etc., to nake the 5 anplitude-frequency
characteristics through the active spectrumof the sound boxes to be flat.

[ 0040] Di gi patametenadjesser nuly: b¢ puavidethiorf amser bn furtheheegiilgta the bokune
control is to receive volume control signals fromcontrol and encode unit
18, and nodPRERMBEER® 10 digital audio signal in order to control vol une.
Furt her nore, thT ﬂ?¥tnun1%olyne of the | oudspeaker unit 16 is necessary and
possi ble to be IP d SSpeaker from bei ng burnt down because
t hat the sensit iy of : d j : : j t he
speaker unit 16[2%%55nﬁTP??% @goﬁgﬁgﬁﬁéfﬂgpsg%§u292$%ﬁ?§$%1€?§g%%?dﬁg to
meclgt r oni caflgivipgAhdio KoukéP4ApubiidtérficeelofCeid aldcbdd: andOsbiin Basdldse
both voltage applied to the anplifier 15 and peak power bearable by the
speaker uni hcdiistiarseeffect prtessmnétx 26 asfi the preaknpsystemo A pfirstc shis asgrsar i ous
choppi ng distortion which is necessary and possible to be corrected in the
present sysfrom anabogievdiegoume cdigitized, gengradlyi by dhe AL soinyerteg 5.

follow ng sjignal. anplitude and adoptjng . .a nethod of, gradual changi ng curve
(soft sat ur AMEHEIaRAIO SotAee dofsr ét{f@gﬁy Ctod@l?gé”t”éli‘naﬁ‘emﬁﬂtn‘é‘ﬁ st
acoustics ul d. be i .Qve [ i,eal e ' [ ot h,.apd cefu
mel odi es. \(,\@54%‘%1%%%(%&%@5&%%Eéggpdr%gggsaég é\é‘g&%geég%gzﬁhﬁﬁggfég‘%cgn 25
congept  of BRENAL T @ik C20 ARLoREnY’ 13 NRE PlesthE syERMRGRKI MdiCipoi BaRgker
unit 16 and sound box 17, tested during design”and nanufacture. In g€neral,
a top | evel seliectdd ffrorh smadtip Ry &ty byekigage seifquit gt thehdigitalt sighiatrof
through all links of the system (especially the sound box 17 and the
speaker uni aud®) soerceoarsedigitally idecaded edidcprocessed, fosdigivaasoumy fidld way,

manuf act ures _and desi gners of sound hoxes ~o can acconmpbdate tinbre
ncl i nat i oncBECE ST H&i@i@ IRy FPBCHeRYk REPEESSeh GUrh a8 Déﬂpy SWHUNGat i on,

according to theik. own j S§ sQ. Lhat, product.s.af uni qu and
style can b@oflg}' '1ta[l Oég@?%ﬁbgﬁgrb%%sépgngaﬁegﬂj ﬁ&ﬂ‘fﬂe{’ﬁ 388%&?‘85‘{’
favpyites by; di ' the:setd] f fi | 16 e

ef fl(e)'jt;t pr oc}eil E)a?l I#g%dﬁé %%é%gn%ddéggge?nﬁ%gﬁﬁ] %%r%gi%@gﬁg é’gg even
adj ust the gdigiedletariddo Obighals oife faaputedy andndividede-ihteqoemeypamniingct i on,
phase-frequency correction and peak correction of the digital sound box

uni t si gnal chammels sy thiet digitdloaudie signakchammeludivider8kiar theacemtzoband

adjuster 12, to_satisfy the jndividual taste_ of_ his own, or exchange
exper i ences €0fFQgde apﬁelrﬁ/-fﬁang then begmningfsomathe digitad signal stream, sigoals)

Si nce the standayd._encoded di o. di gital,signal ream.is adppted in,the
data transniednane SPIERE Apaiichion dintfonds & 3R s2her Bire S ieRe Sl

ot bet we t 40 e d i . di g stem
79 7% ensur Sprels G8EifRmAe 1R To ML GHhAOE Sgfall PhiprotPe KDhul™ ¢
desi gned ansignalfaadtmodd sefeltiornbonttbEgighatdarnendoded, fthelnigh the @igitaied
architecture, independently fromsystem specialties, the interdependency
among var i oasdjzacodeiand edutrell coslel endaderi Hiepdadedkigital dignadsteeatn to

manuf acture of separate various parfs. . [0049] Referring to figure 2A to 2D,
control andfemeistandard1encaded,audia digigales tream jcoutaining jconggol

e ey co ATt WhEGH ROGRDA PG e eBoL HaHh st S bRl gLt o
the,glecode and 99@@]925Tf1he\{cﬂuﬁ&09ﬁ&'fﬁﬁcﬂBB%tfﬁlP&e‘ji%ag”%lrsoZ@e ggw%are

suitable to be arranged in the present system Contro nd encode unit 18
and the decedftrandtheopae tirchit 6f fiiet effeor @escessor 2Qih@ther Rinfdsodfor 2B
are in a conbined structure, but the power distributor 22 is independent,
t hus al | owi egamipd¢ atdisplagwarit)supply can be selected freely. As shown in

figure 2C a power 30 distributor 22 is conbined into the structure, naking
it easy to be t {{0027] Transmission:

[0028] The transmission of the standard encoded audio digital

30 signal stream of the present system takes the form of a variety of standard
7



installed. As shown in figure 2D, a CD, DVD driver 28, and the basic AV
functions are conbined together to forman AV audi o system w t hout

addi ti onal devices. The structures shown in figure 2C and 2D are nore
practical. 5 [0050] Referring to figure 3A to 3D, the power supply 21 in

figure 3A is disposed within the device. The power supply 21 in figure 3B
i s di sposedsetiakipgetosolt fer gaempde thensi@sdard t%/PEUGH protocel e ihec digitale

power supply in figure 3C.is conbipned with the di butor 22 and
separ at ed fﬂBéﬁq RBN@VS CAITIER iy gyradidip data qasavé}f ﬁ*sewg laif §{f—‘r§|§l‘ﬁh§d to
10 the drgrtad%ﬁugag box .un t 19 EachP f) tru {es S ownrnff ure 3A
to 3C has if8 Vi éﬁ aFtSIPEer'rB anngts Mo OT; 9N kL Iﬂ es for

the StructuygypRoufiad I{L-rfdsgugerﬁp vdlﬁﬁgelggﬁiegpwd 'Eoded fe&gacred“élg%&?ﬂ‘f

figure 4A corresponds ure 3A an 10 SI

sepay ation g WBAKedBInah | @ee dodemaged E(‘Uﬂt}j' Thé arl'ol%h%%hdt QoRfroPagsRE but

i nhibits power signal of |ow frequency, while the power separation network
34 all ows peneodiniggnsl adépted as ACréltabiz~§ohid) checke apds odrdution)nlaindi t s
hi gh frequency digital signal. Figure 4B corresponds to figure 3C while
figure 4C cepneegitoniess (repl Hme methaskre the power 35 is arranged accor di ng

15 shown in i PRSI TRE s Rt rgﬁ_‘?{ﬁ%{a{aﬁ%wﬂ hpvsies] Feareﬁ@'”'er
inis 16 ai PRt miiad, %%ﬁ%?ﬁn%@ 'ﬁ@rlhs‘ff‘gfﬁre?%g eI e

strgcture | WH@?bﬁhtHeh@atg%ﬁé)ﬁﬁ&?'be%bEe Head ?6KV/82’BR 51’&[ %’&Bls‘ibﬂéé ?6 /b@nal 0g

converter 26 prior to an anal ogue power anplifier 27 Cl al s

di gi tal audtransisttednis averi B3 ngeterfoViEiuss Uiop| exanzgle) o@lnd:ah fummdﬁaam sound
field effect process unit (20), wherein digital audio signals outputted
fromthe decable emiwistacpairlistenmey fhecesesl. process unit (20) are transmitted

bcoded and coniPEA0L, « I Becstindiites thmin dbrdignes A5 9B, G 35S GagPiet.

I d i 18
hecordi g CB 1 SRS ed Iy BRI APRERSRiEs ¥ Babe %&%mlgséﬁs;em
di gig al audiignatrehanneg! sahdhfered éiedaaYﬁlH”Btflinf 19 eaﬁﬁti]rsoller

(9) a digit I 0o code and control e enco er 10)

transm ssi omddilaicdoby @ digithl sigieil &bydalfat@r 29hthedi B makecaw:itm tiseé @aadeir from
the decode and sound field 15 effect process unit (20) are processed by the
di gi t al audsepplygal fromammainsdd¥ibjera digitalt hudivosigmal wixgraviafa poaverol une

and function,controller (9) and other corres ndr ng con&ew&sr gnal,

engoded i gt distrbuterg? a'frfndaam%V%r gr;arngopet\mr d .%rarr R &@@smraegont rol
10 0

et eam cont BY i Rt gh s, .”eror?war‘rgi A Ul Bort 23 Peohiodiipeed

traggpm ssi ogy tnb'épﬂl @ﬁko&?&]au}h 1’t’a15§’1 ﬁﬁbﬁﬁﬁﬁrﬁ- arfred! AbM the %We‘?' nt he

digital soun ox unit r| se adgta nd box unit term nal

13 ), a di gbyaheass sﬁlmd dbgmlmudlosslgﬂall s¢PaRaren Gietwoild B3 andokepoavarl i fi er
( 1S), a speaker unit ag and a sound box ( 17), whereby the standard
encoded audsepzmagronametwcgk 4 wherebyn tmtp@wceals ferbrmmhe sougidtkox power
transm ssion term_nal 11 ) are fed. to tg?b(ij %c sound box, unit

t

termnal, sSWPRW: & f%hl%ﬁ §he amogiulated ostan ﬁgséu@roeq’ﬂr%%]y signal

stream is fed into the digital sound box signal processor 14 after

25 demodulated by a digital audio signal demodulator 30.
[0031] If the structure shown in the figure 4D is adopted, power
for the sound box can be supplied directly from mains 32 through a sound
box power supply 35.
[0032] After being fed into the circuit of the digital sound box

30 terminal 13, the standard encoded audio digital signal is processed,
8



30 caorrection, digital anplitude-frequency correction, digital volune 13
control and digital peak value correction through the digital sound box
unit signal processor ( 14), and then divided into two or nore channel s of
digital audio signals to be fed into anplifier ( 15) to drive the speaker
unit ( 16) finally. 5 4. A systemaccording to claim3, wherein, a

condi tion sinphadingedigital frgqueacyidivisaon,sdigitalbphasenfrequeneecdreedtion t he
control and,encode unit. (.18) fromthe digital sound box unit (,19) via the
digital soufiElhampliiudesfisansney Comecsion. digitel yphume conHokiasd digital i nal

: : i .ai wh ' h '
(ot ) o P RETARERPR BP, 1R HBE] doBhaooRngiamsl PR 4.
di gi tal sougd i§of ity Fwé Jdr8KhadnBRC BRI SRAC a G féigﬁé?st With dﬁeﬁaﬁA
system according to claim1 or 2, ereln the decode and sound fie ef f ect

progess uni tespdfie PEPIrUEELEnd sénditbal pawdr arhplifiee 15 fo Hrive diedspedkerudi 0
source input interface (2), an anal og audio signal source (3), an anal og
audi o sour cenitrlufinalyerThe digi43], samdAbéx mmity &9 tadso feeids elaatiecoriditiont (6)
and an effect processor (7) which 20 can output two or nore channel s of

di gital audsignalsybark to contradond sincadd emidod® vigi the digital soundshexem

according to cl.ai , rein the volune & fu lon controller (9) my
control theteﬁg‘clgaﬂ?@G\fmﬁggfpgﬁasmﬁ%“%F%ré?m?g(igrocessor (7). 8. A system
according to cl g or 0 , reLn €44 S S t - of.f
frequency(ies), i](:%ﬁr?’pé]f]i tg’glggfs{oélglge%;% ng?{é@tﬁl%ﬁa?gﬁatfggﬁ r%%&%c#@&?‘?gct I on
angopeak vahsrafig 86 metha®loni&e céflcéPtidn ahd HAGPE pPedictivelcothpedatRycessor
( 14) in the digital sound 14 box unit (19) can be adjusted by a speaker
par anet er adhich durthe?) optimizes the design of the sound box unit, and allows
following design ideas to be realized much easily.

[0034] Digital frequency division:

[0035] The object of digital division is to divide the whole

15 spectrum of an audio signal into two (or three or more) digital audio
channel signals of low, mid in some case and high frequency ranges so as

to drive bass, flat in some case and treble speaker units respectively after

being processed. The lowpass, bandpass in some case and highpass used

by the present system are implemented with digital filters of appropriate

20 orders and appropriate types. Digital division allows to improve the
electrical damping performance of the power amplifier towards the

speaker unit, to use a more accurate and higher orders of frequency

division resulting in a less band overlapping between both speaker units,

and a reduced phase distortion.

25 [0036] Digital phase-frequency correction:

[0037] The aim of the digital phase-frequency correction is to
correct phase-frequency distortion at all links of the system, especially the
phase-frequency distortion caused by the difference between sounding
plane of speaker units, to make the systematical "group delay" through the

30 active spectrum of the sound boxes constant (linear phase-frequency).
9
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volume of the loudspeaker unit 16 is necessary and possible to be limited

to prevent the speaker from being burnt down because that the sensitivity
of the loudspeaker unit 16, the power applied to the speaker unit 16 and
amplification factor of the system are given (due to mechatronic design),.

15 [0042] Digital peak correction:

[0043] Because both voltage applied to the amplifier 15 and peak
power bearable by the speaker unit 16 are limited, an excessive peak
power output causes serious chopping distortion which is necessary and
possible to be corrected in the present system. The desired correction is

20 possible by predicting following signal amplitude and adopting a method
of gradual changing curve (soft saturation). After being corrected, the
system performance and acoustics would be improved dramatically,
resulting in smooth and graceful melodies.

[0044] The above-mentioned processes are based on the design

25 concept of mechatronics and determined by the characteristics of speaker
unit 16 and sound box 17, tested during design and manufacture. In
general, a top level of hi-fi is achieved by making sure that the distortions
through all links of the system (especially the sound box 17 and the
speaker unit 16) be compensated in a predictive way.

30 [0045] By the way, manufactures and designers of sound boxes
10
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[0046] Further, users can enjoy their acoustics favorites by
5 adjusting the setting of sound field or equalizer of the effect processor 7
of the present system.

[0047] Senior audio fans can even adjust the parameters of cut-off
frequency, amplitude-frequency correction, phase-frequency correction
and peak correction of the digital sound box unit signal processor 14 of

10 the system through speaker parameter adjuster 12, to satisfy the individual
taste of his own, or exchange experiences with other fans, or even take
part in competitions.

[0048] Since the standard encoded audio digital signal stream is
adopted in the data transmission of the present system, the independence

15 from each other between the control & encode unit 18 and the digital
speaker system 19 is ensured. In addition, because the digital sound box
unit system is designed an manufactured under an integrated and high
fidelity required architecture, independently from system specialties, the
interdependency among various parts is reduced, allowing independent

20 design and manufacture of separate various parts.

[0049] Referring to figure 2A to 2D, control and encode unit 18 in
the structure shown in figure 2A is an independent device characterized in
that the structure is clear but there are many connecting lines.
Additionally, there are no available products of the decode and sound

25 field acoustics effect process unit 20 which are suitable to be arranged in
the present system. Control and encode unit 18 and the decode and sound
field effect process unit 20 shown in figure 2B are in a combined
structure, but the power distributor 22 is independent, thus allowing that

the power supply can be selected freely. As shown in figure 2C a power

30 distributor 22 is combined into the structure, making it easy to be
1
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&ZY4096& ()34 I0dsposed ¥vithin the device. The power supply 21 in figure 3B is

disposed outside of the device, connected through an interface. The power
supply 21 in figure 3C is combined with the power distributor 22 and
separated from the device. In figure 3D the power is directly supplied to
10 the digital sound box unit 19. Each of the structures shown in figure 3A to
3C has its own advantages. But it is more difficult to connect lines for the
structure shown in figure 3D.
[0051] Referring to figure 4A to 4c, figure 4A corresponds to
figure 3A and 3B. The digital audio signal separation network 33 allows
15 modulated digital signal to be passed but inhibits power signal of low
frequency, while the power separation network 34 allows power signal of
DC or AC (50Hz~60Hz) to be passed but inhibits high frequency digital
signal. Figure 4B corresponds to figure 3C while figure 4C corresponds to
figure 3D where the power 35 is arranged according to the sound box its
20 self.
[0052] Referring to figure 5, the amplifier 15 shown in figure SA
is a sounding structure in which a digital power amplifier 25 (such as a
class D amplifier) is adopted to drive loudspeaker units 16 directly. The
amplifier 15 shown in figure 5B is a sounding structure in which the
25 speaker unit 16 is driven through digital/analog converter 26 prior to an

analogue power amplifier 27.

12
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L0yt @FOROWYE ()79 RREIBPUREE, (o) YOS (), UM (er FREG G X4
10551 ] OFom0vsse: () rAdFTRPRS oA pRticd) Bk dfe) docodes g bioed g oot
Y OH5E () - m &FY%p¥Eeds) uni? b} MVbiaRsRifiéd to a control and encode unit (18)

where audio and control signals are encoded and coupled with a

digital sound box unit (19) via a digital transmission terminal in a

control and encode unit (18).

10 2. A system according to claim 1, wherein control and encode unit
(18) comprises a digital audio signal channel divider (8), a volume
and function controller (9),a digital audio code and control code
encoder (10) and a digital transmission terminal (11), whereby
after the digital audio signals from the decode and sound field

15 effect process unit (20) are processed by the digital audio signal
channel divider (8), the control signal of the volume and function
controller (9) and other corresponding control signals are encoded
into the digital audio signal by the digital audio code and control
code encoder (10), to form a standard encoded audio digital signal

20 stream containing control information, which is outputted from

digital transmission terminal (11).

3. A system according to claim 1, wherein the digital sound box unit

(19) comprises a digital sound box unit terminal (13), a digital

25 sound box unit signal processor (14), a power amplifier (15), a
speaker unit (16) and a sound box (17), whereby the standard

encoded audio digital signals stream outputted from the digital

transmission terminal (11) are fed to the digital sound box unit

terminal, subjected to digital division, digital phase-frequency

30 correction, digital amplitude-frequency correction, digital volume
13
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4. A system according to claim 3, wherein, a condition signal related
to the digital sound box unit is fed back to the control and encode
unit (18) from the digital sound box unit (19) via the digital sound
box unit terminal (13) and the digital transmission terminal (11).

10

5. A system according to claim 1 or 2, wherein the signal processor

(14), the speaker unit (16) and the sound box (17) of the digital

sound box unit (19) take a mechatronic configuration.

15 6. A system according to claim 1 or 2, wherein the decode and sound
field effect process unit (20) comprises a digital audio source (1),
a digital audio source input interface (2), an analog audio signal
source (3), an analog audio source input interface (4), an A/D
converter (5), a gate circuit (6) and an effect processor (7) which
20 can output two or more channels of digital audio signals to the

control and encode unit (18).

7. A system according to claim 6, wherein the volume & function
controller (9) may control the gate circuit (6) and the effect

25 processor (7).

8. A system according to claim 1 or 4 or 5, wherein the parameters
such as cut-off frequency(ies), amplitude-frequency correction,
phase-frequency correction and peak value correction of the

30 digital sound box unit signal processor (14) in the digital sound
14
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