11 FEB 2003 * 166166* A Wreless Infrared Digital Audio System Backgrduh@gg s
of the Invention Related Patent Applications s Attorneys Docket Number
FS99-002, "A Wreless Infrared Digital Audio Transmttin ste Seri al
Nunber: 09/425,314 Filing Date: 25 Qct. 1999 , assigne @Hmm!ﬂmme

Assi gnee as the present invention. Attorney's Docket Nu "A
Wreless Infrared Digital 1o Audio Receiving System" Seri+dsisidunber .

09/ 427,020 Filing Date: 25 Cct. 1999, assigned to the Sane Assignee as
the present invention. Field of the‘ I nvention This invention is generally
related to el ectronic & WWiré nsnmt and receive

FeleS o mirared EIBital Augijshfta -

digitally sanpl ed anal og signal's. I nvention
relates to electronic CIrCUItS and systens that transmt and recei ve

digital audio signals. Description of .the Reiated Art 20 The transnission
of anal og si'gnal s between a geown diofdherdnventiongnal s and a
reproduction of the anal og signal's at an output transducer i-s well known

inthe art. U S. Patent 5,596,648 (Fast) describes a wireless infrared 1

Related Patent App'lic&tib'ﬁs

5 | Attomey’s Docket Number FS99-002, "A ereless Infrared Dlgltal
Audio Transmlttmg System Serial Number: 09/425,314 Flhng Date:
25 Oct. 1999

assugned to the Same Assugnee as the present mventlon

Attorney’'s Docket Number FS99-003, “A Wirele_ss Infrared Digital

0 - Audio Receiving System,” Serial Number: 0%/427,020 , Filing Date:

25 Oct. 199 | assigned to the Same Assignee as the present invention.

Field of the Invention

This invention is generally related to electronic circuits and systems that
15 transmit and receive digitally sampled analbg signals. More partibularly, this

invention relates to electronic cireuits and systems that transmit and receive

digital audio signals.

Description of the Related Art
20 The transmission of analog signals between a source of the analog

signals and a reproduction of the analog signals at an output transducer is well

known in the art. U.S. Patent 5,596,648 (Fast) déscribes a wireless infrared

T
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*@00002* 11 FEB 2003 audi o transmi ssion systemwhere infrared LED emtters
are activated by a frequency nodul ated pul se wave transmtted as |ighy @ 003
a receiver. The audio analog signal nodul ates the frequency nodul at ed

pul se wave. 5 U. S. Patent 5,593,603 (Haupt, et al.) illustrates a another
device for wreless transm ssion of audio signals. Refer nowto Fig. 1 for
an overview of this structure. The anal og source 5 provides a |left channel
L and a right channel, R The anal og source 5 would be m crophones, a FM

t uner/ r ecei \R4AIO BRNSIRiSSIOA Sysign where dnfrafedd &hemitiees arefactivatadibyla L and t he

ri ght channel R are inputs 10 to anal og-to-digital converters 15 and 20. It
i s wel | knoWrequencygaguiatedpiilse wave fransmiftedas light tocareqeivey The andiohunber of
channels. The |left channel L and right channel R are chosen for

i |1 ustrati oranalogsigeal madidates theafréquerich enathddted paisgvadve. f rom t he anal og
source 5 can have been 15 previously converted to digitized sanples and
then provided by the digital source 10. The digitized sanples of the anal og
signals are retained in a data buffer 25. The digitized sanples are then

~ formatteq i n dat aJ 6r RawRst 5598603 dRkADt, épél.rﬁﬁ&étlﬁ%é%‘}ah?ﬁﬁgr déﬁ%é'%fpt’ et al.

a data frane is 128 bits in length for each channe eft channel L or

modul ator 38 T es T ARIelion b ARRE stnBlel Kelar TokiFRR FoRdh bl R s, 2
11 FEB 2003 this structure. The analog source 5 provides a left channel L and a right channel
R. The analog source § would be microphones, a FM tuner/receiver, or an
analog recording media. The left channel L and the right channel R are inputs
10 to analog-to-digital converters 15 and 20. It is well known in the art that the

analog sources can provide any number of channels. The left channel! L and

right channel R are chosen for illustration purposes.

Additionally, the analog signals from the analog source § can héve been
15 previously converted to digitized samples and then provided by the digital
source 10. The digitized samples of the analog signals are retained in a data
buffer 25. The digitized samples are then formatted in data frames in the data
formatting unit 30. In Haupt, et al. a data frame is 128 bits in length for each
channel (left channel L or right channel R). The data frames are then
20 transferred to the date modulator 35. A carrier signal is then modulated with the

data frames.



In the case of Haupt, et at., the data frames are changed froma 4 biy 1 ey o3

audio data to a 5 bit transm ssion data, which is used to activate and
deactivate an infrared light emtting diode. The nodul ated carrier signal
is.stransferred to a transnmitter and then conveyed to the conmmunication
medi um 45. The infrared 5 light is then radiated through the open

at nosphere to a receiving light sensitive diode. In this case, the
comuni cation nedium45 is the oPen at nrosphere. It is well known that the
transnitter 40 chnthgrcggeetHpaueli et &k dbe dataframmescare changeldifroinom4tbit | i ght .
Furt her, the comunication nmedium 45 can be either wire 1o such as coaxi al
cabl e, twi saudiogddta taoablhbit teansmission detapwhich isrased {oi actiaepret dedotivate
connection. Additionally, the comrunication medium 45 nmay be a fiber optic
cabl e. The andmfrared light evhitting diode.eThe eoditeded eareigr sighaliis frapb@A@Y thizom t he
15 conmuni cation medium 45. Typically, a clocking or timng signal is

i ncl uded i ntrahbwitéabad thardrveged fetherinirtehtoA e Bim A5 "Be infraféd?CK

extraction circuit 55 will devel op the enbedded cl ocking or timng signal

and synchr opaes teh faafted tHieLgHSHRSOPENATnd Sfhetb ft&a}é@é?ﬁg%ygh%r%ﬂ%y“ em

95. Cassically, the clock extraction <circuit 55 incor tes. a phase

| ocked osci kijcye0"in thifbade, Qﬁé‘%ﬁ\ﬂﬁibfﬁﬁ'\e&d’iurﬁ Qgrisethg%r?%é:ﬁﬁtﬁ%ggﬁérei. n the

transmtted nodul ated carrier signa recovere ated carrier
signal is transferred to the denodul ator 60 to extract the data franes. The
data franes are then reformatted in the 3 11 FEB 2003 receive data

formatter 65 to feLLERkSovr that iril &é&é?ﬁhté%’ é:aenS pl%fduég Fadio rleagegci: vrbg\lléss'
in addition to light. Further, the communication medium 45 can be either wire

10 such as coaxial cable, twisted-pair cable or other forms of metallic (copper) inter-
connection. Additionally, the communication medium 45 may be a fiber optic

cable.

The receiver 50 will recover the modulated carrier signal from the
15 communication medium 45. Typically, a clocking or timing signal is included in
the data frame and the modulated carrier signal. A clock extraction circuit 55 will
develop the embedded clocking or timing signal and synchronize the receiving
subsystem 100 with transmitting subsystem 95. Classically, the clock extraction
circuit 55 incorporates a phase locked oscillator, which can malfunction if there

20 are errors in the transmitted modulated carrier signal.

The recovered modulated carrier signal is transferred to the demodulator

60 to extract the data frames. The data frames are then reformatted in the



The recreated digitized sanples are then transferred to the 11 FEB 2003
digital-to-analog converters 70 and 75 to reproduce the anal og signals 80

and 85. Alternately, the digitized sanples of the anal og data can be
transferred 95 to external 5 circuitry for further processing. The wrel ess
transm ssion as shown in Fig. 1 is subject to corruption of the digitized
sanpl es during transm ssion. For instance, noise froman electronically

bal | ast ed hal Qgen woyl d | et el y breakdown recovery of 1o the
transni ssi ol 38%"? #ﬁ%ﬁ%@?gweﬁgﬁogﬁaﬂﬁe é\eg‘iﬁ%'ﬁ?e SABPIGE oh et }nalegsigBalsupt i on
of the nodul ated carrier signal is to provide a |evel of redundancy for
the digitizedhgdpgeated digtizepgarmpies sretendransferasiohe digitahto-analogws t he
use of forward error correction codes using the well known Reed 15 Sol onbn
Codi ng. Thi scaopivertees Thand 8 terenspduasithe @halog\signels 80 and @5t atlieamstelput Wi | |
not prevent disruption of the output analog signals 80 and 85 due to | ong
term digitithedigitagd saroples opthecamaldgpdathican bettearistorget 95 to &xd@inapn of t he
digitized sanples Schotz, et al. 20 enploys a convolutional interleaving
circuit t® sehuaitatfer furthedipgidesgiag. sanpl es of the anal og signal that would
normal ly be transmtted together. This allows the greater probability that
a longer termerror can be to be corrected. 11 FEB 2003 If the error
correction coding and the convolutional interleaving of the digitized

sanpl es cannot i MHY Wirsless f#ehsRissibA gk i i gnal s,
t he anal og signal wl Ir be repr oﬁﬂggc?%(ségggz'?gﬁ‘ﬁqfﬁi’gﬁgﬁc‘?@?‘]&ﬁgﬁ’%? as

annoying Cr apk Uit PORRpILS ddrisg §8k&hissioR. Fof HsBH®, hBReHaarks and pops,

electronically ballasted halogen lamp would completely breakdown recovery of

10 the transmission of the modulated carrier signal.

A solution to the corruption of the modulated carrier signal is to provide a
level of redundancy for the digitized samples. U.S. Patent 5,832,024 (Schotz, et
al.) shows the use of forward error correction codes using the well known Reed-

15 Solomon Coding. This will eliminate errors of relatively short duration, but will
not prevent disruption of the output analog signals 80 and 85 due to long term

digitized sample corruption.

To eliminate longer corruption of the digitized samples Schotz, et al.
20 employs a convolutional interleaving circuit to separate the digitized samples of -
the analog éignal that would normally be transmitted together. This allows the

greater probability that a longer term error can be to be corrected.



5 Schotz, et al. suggests that the digitized sanples can be brought to a

null level or muted. However, if the nmuting is activated suddenly, itl1%8EB 2003

distracting and is annoying to the listener in an audio application. U S
Patent 5, 602,669 (Chaki) provides a digital transmtter-receiver that 10
transmts a digital audio signal within a specified frequency band, and
recei ves the specified frequency band. Chaki nodul ates a fundanent al
frequency using &;‘adrature Phase Shift Keying (QPSK). The QPSK nodul at ed
signal is transfighP&FOf GOHRCtoRGosingandiheiconvelgiional interieavinmof thes U. S.
Patent 5, 420, 640 (Munich, et al.) describes a nmenory efficient nethod and
appar at us fcﬁ'glgﬁéﬁ@'ﬁﬁlpﬁé}?ﬂw Igyire coreetedidigilizedssatipies ef thdainalayt r eam over
a communi cation path. The digital data is arranged as a sequence of
frames, eactsignaisnhe aoalogistanahwil be eproduceti (spremalighin dadie. sigrtds)kagi nni ng of
each frame is indicated by a frame synchronization word. e begi nning of

each |ine 2G@nnsyingdiracksehdpops iharspeakéral TEMRARTHE 3F4ckE a%gfoﬁsm encoder,
before transmi ssion, interleaves the data. The decoder contains' circuitry

for | ocatsi ngSdhoez, ehal saggustd than thef dighiRed ¥A6 P8 b7 Mol B, Gat tains
circuitry for deinterleaving the dlgigigt al dgt a. Both tﬁ@astgr?c r'c}%‘l%z]ation

| ocating ci fofwidted. Modheléx ifihd inuling i? AR Rl SURBIGY 10 GishhEH] én’gcf'igr equire

access to a nenory, but not at the sane tine. tefore, menory

is used wit @nhbﬂn?!@%@?éﬁe’%tiﬁ aR ah@fboé{r@'li}ﬁat%r[cm try and deinterleaving

circuitry alternately addressing the nory. The digital data stream of
Muni ch, et al. pertains to video, audio and other rel ated services of

U.S. Patent 5,602,669 (Chaki) provides a digital transmitter-receiver that

10 transmits a digital audio signal within a specified frequency band, and receives

the specified frequency band. Chaki modulates a fundamentai frequency using
Quadrature Phase Shift Keying (QPSK). The QPSK modulated signal is

transferred to an infrared emitter for transmission.

15 - U. 8. Patent 5,420,640 (Munich, et al.) describes a memory efficient
method and apparatus for synchronization detection within a digital data stream
over a communication path. The digital data is arranged as a sequence of
frames, each frame including a plurality of lines of data. The beginning of each
frame is indicated by a frame synchronization word. The beginning of each line

20 is indicated by a horizontal synchronization byte. An encoder, before
transmission, interleaves the data. The decoder contains circuitry for locating the
horizontal and frarﬁe synchronization data and contains circuitry for

deinterleaving the digital data. Both the synchronization locating circuitry and the



S subscriber based tel evision systens. U S. Patent 5,745,582 (Shinmpuku, et
al.) teaches an audio signal transnmitting and receiving system whi chiclahEDd 2003
performoptical transmssion of a digital format audio signal with small
deterioration of the sound quality over the 1o transm ssion path. The audio
signal transmitting systemhas circuits to add an error correction signal
to a digital audio signal. The digital audio signal with the error
correction signal is then.encoded and interl eaved to generate an audi o
Caner sai oReUNaIIeAVING BT FOURS SEGrSSP SUBRTPB: Ol AL PR UM 1o be
used for the reproduction of the digital audio transm ssion signal,

gener af es a TherafpreuGUsNale margensiis U$$4%W!"’! thel syrehropizatiom eecovRey citpgiitey

transm ssion signal and the continuous signal to generate a nultipl exed

si gnal . A naddldginterieaving aircuitnhatemetily addressing thermemorys i Thradligitalmddtar t o

t hat descri bed above with the nmultiplexed signal by a predeterm ned

di gi tal nopdstreamaf Matitinct ab peetarsad eideonaalib ahddilvergorted\sdéiicas of

predet erm ned frequency band. The nodul ated signal is transmtted by an 20

optical &rasapscibiesbasedteddvision dystbmsenti al type QPSK nodul ati on met hod
creates the nodul ated signal preferably. Shinpuku, et al. further

descri bes an audio signal receiving circuit for reproducing a digital
audi o signal and a digital control signal fromthe optical transm ssion

signal . The audig s G’EféntS@%i,?émhﬁﬁﬁW, btgl.)]téaé_r%'@ #PR%iG3ran opti cal

receiver to convert the opfica transm ssion 'signal to an electric

demmul at i o ST R Gt o R T BeR A o
’ digital format audio signal with small deterioration of the sound quality over the
10 transmission path. The audio signal transmitting system has circuits to add an
error correction signal to a digital audio signal. The digital audio signal with the
error correction signal is then encoded and interleaved to generate an audio
transmission signal. Repeating a digital control signal, which is to be used for
the reproduction of the digital audio transmission signal, generates.a continuous
15 signal. A multiplexer combines the audio transmission signal and the continuous
signal to generate a multiplexed signal. A modulation circuit then modulates a
carrier signal similar to that described above with the multiplexed signal by a
predetermined digital modulation method to generate a modulated signal within
a predetermined frequency band. The modulated signal is transmitted by an
20 optical transmission signal. A differential type QPSK modulation method creates
the modulated signal preferably. Shimpuku, et al. further describes an audio

signal receiving circuit for reproducing a digital audio signal and a digital control

signal from the optical transmission signal. The audio signal receiving circuit



corresponding to the predeterm ned digital nodul ation nethod to reprodP%E\
the 5 nmultiplexed signal. A separating circuit separates the audio 11+CB 2003
transm ssion signal and the continuous signal fromthe nultipl exed signal.
The audio transm ssion signal is then deinterleaved and error correction
based on the added error correction signal is perfornmed to reproduce the
digital audio signal 10 The digital source 10 is often a conpact audi o disk

(CD), a Movi Pi gt Expert Grouyp Audio, Layer 3 (MP3) data file, a

digi t al audih%gtagpéeoqk%k%c?'vgr {%%iVF'gﬁh%/PBt&?' Eﬁé%ﬂleﬁm)sygr@l toaryelgririsl
satellite receiver (DSR), The format of the digitized sanples froma
digital soufgeePtign niThe axedviated signabis then regmducetits penpst Di gi t al

I nterface (Sl PDI F? .. International standards that have 15 devel oped from
this standadgmadsiatioa okthe weeptipmeignalry sdigitaltdenjodE®tioARfetBod t he Eur opean
Broadcasters Union (EBU Tech. 3250-E, the Japanese El ectronic Industries
Al'liance (Ecpopspmdangio thagredatermined digitabmedulBlie etitidto Copradsss e (| EC)
| EC60958. Wil e these standards are simlar, they are not necessarily

i denti cab. IFusiinlexed sigealda sefanatiry ciscuiitseparatésthei lididtrassri9sBR Bidal each
so standard. The allowed sanpling frequencies or sanpling rates of the

audi 0 anal agdsheoahtinuoas sighat fomhBe eHLl é)é@ﬁhigﬁdm e 2R it idnkHz for
. CD and MP3, 48 kHz for DAT and DVD, and 32 k for DSR. 7 é}ﬁsnﬁ}éﬂéé 2003

Ref er now t @igniabis tReh Aekhteriiassd bRE eftdk éorfrééﬂmtbééfedtdﬁ%ga@!?écg Sﬁém |y of

i nternati onal standards. A frane consists of two subframes and 205
correction signal is performed to reproduce the digital audio signal

10 The digital source 10 is often a compact audio disk (CD), a Moving
Picture Expert Group Audio Layer 3 (MP3) data file, a digital audio tape (DAT), a
Digital Video Disk (DVD), or a digital sateliite receiver (DSR). The format of the
digitized samples from a digital source 10 commonly complies with the
Sony/Phillips Digital Interface (S/PDIF). International standards that have

15 developed from this standard are the Audio Engineering Society (AES) AES-3,
tHe European Broadcasters Union (EBU) Tech. 3250-E, the Japanese Electronic
Industries Alliance (EIAJ) CP-340, and the International Electronic Commission
(IEC) IECB0958. While these standards are similar, they are not necessarily
identical. However, the data format as shown in Fig. 3 is common for each

20 standard. The allowed sampling frequencies or sampling rates of the audio
analog signals to create the digitized samples are the 44.1 kHz for CD and MP3,

48 kHz for DAT and DVD, and 32 kHz for DSR.



contai ning the sanples froman A channel or left channel and a B channel_or

ri ght channel. Each subframe has a synchronizing preanble A SYNC and . BI1gEDB 2003
SYNC. The synchroni zing preanble identifies the contents of the subfrane as
being either a word containing a sanple of the A channel at the begi nning

of a block 215, the A channel within a block, or the B channel. The
digitized audi o sanples for channel A and channel B can contain up 1o to

24 bits representi th litude of a | e of the, anal og audi o signal.
Normal |y for CD %ﬁ{&?m‘éﬁ? gFEZ t8ﬂ|'§?“§$1§191%a%g%r§13,&8f {"ﬁrﬁfﬁeﬂ: Bilyefe enpl oyed
to convey the digitized audi o sanples. The bits AV and BV are the validity
i ndi cati ng international standaeds. A fiamesansists ofdwp subframes 200engi206 AU and BU
are user defined bits which when collected fromnmany sanples indicate
runni ng ti meontaiing thelsampigsdrom end chignnebot eftAbannel 6 aBechahpele! st at us
bits defining such information as enphasis, sanpling rate, and copy

permit. TherightchaaRekrichdBRubframepasia gyrihtanifing pesantie AcSYENCiand Bo verify
reception of the data sanples. The digitized audi o sanples are encoded

using a ¢onNSYNG/ Kimesynchfhiding pesenti@identifiedMbecdoptdrts orwgisidirb@elyy que. The
sanples are transferred serially at a rate of 2.8 Miz for a sanpling rate

of 44.1 kHzpeiagMithef 8word c@ﬂﬁﬁidE@sérﬂgl% SHthaA dﬂéﬁnelaéi@he?’bé?i ffia @
sanpling rate of 48 kHz. 8 11 FEB 2003 A bl ock of the digi |ze8 audi o

sanpl es_congjogk 248/ thé FcAdrMBPWItKIARASBER, Hr ¥k BAFRhAST - U S, Patent
5,889, 820 (Adans) describes a circuit for SPDI F- AESI EBU
The digitized audio samples for channel A and channel B can contain up
10 to 24 bits representing the amplitude of a sample of the analog audio signal.
Normally for CD applications, only the 16 bits A8 through A23 are employed to
convey the digitized audio samples. The bits AV and BV are the validity
indicating if the digitized audio sample is in error. The bits AU and BU are user
defined bits which when collected from many samples indicate running time,
15 track number, etc. The bits AC and BC are channel status bits defining such
information as emphasis, sampling rate, and copy permit. The bits AP and BP

are parity bits for error detection to verify reception of the data samples.

The digitized audio samples are encoded using a commonly known
20 biphase mark or Manchester coding technique. The samples are transferred
serially at a rate of 2.8 MHz for a sampling rate of 44.1 kHz, 2 MHz for a

sampling rate of 32 kHz, and 3.1 MHz for a sampling rate of 48 kHz.



s digital audio data recovery. The circuit decodes an input signal. Hergp 2003
circuit includes a neasurenent sub-circuit having an input to receive a
timng clock signal that is asynchronous with clocking of the input

si gnal . * The asynchronous timng clock signal neasures the duration of a
plurality of pulses received on the input signal in relation to frequency
of the timng clock signal. A decode circuit 1o decodes the input signal
into digital datg., The jnvention of Adans permts use of all digital
conponents for dgtwaghﬁ*tg?é’i'ﬂ”é?eda%{ﬂ'%s%fﬁﬂ&géﬁeﬁﬂﬁr%1@8@@@16& phase- mark
encoded data according to the SIPDIF or AES/ EBU standards. 15 Summary of
the Inventi Gﬁ”%?ﬂtfﬂifég‘?get‘ﬂeft his invention is to provide a systemfor
transmtting, receiving, recovering, and reproducing digitized sanples of
anal og signals. Another object of this invention is to conceal

unr ecover abl e di g’idti zed sanples of analog signals to maintain a | evel of
fidelity in repr&tiSciPatent §B898RUAgas} desatoeplaasroalt forGPBIFRABS/ERIGNal .
Further, another object of this inventionis to transmt the digitized
sanpl es of tdigitahaatiogiaia ggraverys Ulte ditvalt debedey abimbut sighalofTHeGIRLfter ence
with the 9 11 FEB 2003 transm ssion and thus corruption of the digitized
sanpl es of tifistudetod apasu@nrd sUb-cirblinhavidgen ibput tRR%BIVEld BRird@odd Ji ti zed
sanpl es as bursts shorter period than the tine of the anal og signals
represent ed sighal that is asy®ehioneds dithiddckrg ¢Fane Irpst si§8§4t. ITHe ddyichRinougnot her

object of this invention is to receive the digitize
timing clock signal measures the duration of a plurality of pulses received on the

input signal in relation to frequency of the timing clock signal. A decode circuit
10 decodes the input signal into digital data. The invention of Adams permits use of
all digital components for decoding digital audio data encoding using biphase-

mark encoded data according to the S/PDIF or AES/EBU standards.

Summary of the Invention

15 An object of this invention is to provide a system for transmitting,

receiving, recovering, and reproducing digitized samples of analog signals.

Another object of this invention is to conceal unrecoverable digitized
samples of analog signals to maintain a level of fidelity in reproducing the

20 digitized samples of the analog signal.

Further, another object of this invention is to transmit the digitized

samples of the analog signals such that the probability of interference with the



sanpl es of anal og signal w thout synchronizing a receiving clock wth @rgg 2003
transmtting clock to capture the digitized sanples of the anal og signals.
Even still further, another object of this invention is to convert the
digitized 10 sanples of the analog signals froman external source that

has various sanpling rates to digitized sanples of the anal og signals

having a rate. Again, another object of this invention is to softly nute

the digitized sanples t he anal o i gnal s when |arge groups of the
digitized sﬁﬁﬂ?@?gg’éha”‘%“ﬁéPFH@mrb& tﬁ%@&ﬁ@ﬁééame%ﬁ%an@m signAsisr

object of this invention is to track the long termdifference between a
transmit cl BERMiZRA BY frapenifingthe digitized samnles as puists ehagied peded thendheany
underrun or overrun of the digitized sanples of the analog signals within a
20 group of timegpfithe apalogrsionals wpresentechly ibg tesngmittes digitized semplessh t hese
and other objects, a digital comunication system for transmtting and
receiving digitized sanples of analog signals is conprised of 10 11 FEB
2003 a transm ssion subsystemfor transmtting the digitized sanples a

comuni cation  n8tiil furthen, armtivenobjdut of thisisweritionds ¢ ideiveattle Jagimte’s havi ng
various sanpling rates, and a receiving systemto receive and reproduce

the transni samplesiafisnaloessigra wiheat syThﬁrdnizaﬁyiﬁiréé‘di\ﬂﬁ? SloRR Witheyn r ecei ves the
digitized sanples having a 5 variable sanpling rate from an external signal

source and traasmitimy elotk td Eepturdi tBe digibdsampiesonAr iandioy sighdistb! e sanpl ing
rate to digitized sanples with a fixed rate. The digitized sanpl es have

error correction codes generated to all ow

Even still further, another object of this invention is to convert the digitized
10 samples of the analog signals from an external source that has various sampling

rates to digitized samples of the analog signals having a rate.

Again, another object of this invention is to softly mute the digitized
samples of the analog signals when large groups of the digitized sémples can

15 neither be recovered nor concealed.

Another object of this invention is to track the long term difference
between a transmit clock and a receive clock and to interpolate and decimate
any underrun or overrun of the digitized samples of the analog signals within a

20 group of digitized samples of the analog signals.

To accomplish these and other objects, a digital communication system

for transmitting and receiving digitized samples of analog signals is comprised of

10



correction of any errors in the fixed digitized sanples that may occur ,
during transm ssion of the digitized sanples. The digitized sanples hil £EB 2003
formatted into to groups of interleaved digitized sanples with appended
error cbrrection codes. A preanble timng signal and a start signal is
then appended to the group of interleaved digitized sanples to forma
transmt frame. A carrier signal is then nodulated with the transmt frane
and the nodul ated carrier signal is then transmtted to the comunication
medi um . 1% HERSTHISYEN SHRgYsIqIp igf dransmiting Hiendigitized samples acenmrownicatioron
mediumto receive and recover the nodul ated carrier signal. The nodul ated
carrier si grgdiumdoCRBYEHIBRIENSAItad digitized sampleshavingaasioiis sémpling and t o
extract the group of interleaved digitized sanples and the error
correction calgssand giieeaiwng sustemito receive and reproduagrthe pranbmitteidedigitiage d
digitized sanples with the error correction codes are checked, and the
group of i ntsanipes,eTheltrgnsrizsidn sebgpistem réddivesr the digitifsdespaleéeRahfg al T any
of the group of interleaved digitized sanples are uncorrectable, an

estimat ed saspbblevampingfrate!fase ab LRSI eothicsizhtiarsh ddnvbhsfifd® 2003
sanples is created by interpolating fromadjacent interleaved digitized

sanpl es t o digitiesxbsamplgs hiinga vakiablesameipigiras Rigitisididmhaied wip! es. Any

of the digitized sanples that are not conceal abl e or unrecoverable or are

ij nval i d ar e fixedl rateltTer. digifived shrgpies hade 8ABPLEFedioR coles g&ﬁ@r%?éo%f?% 0 a
i gital -to-anal og converter for 5 restoration of the anal og signal.
correction of any errors in the fixed digitized samples that may occur during
transmission of the digitized samples. The digitized samples are formatted into
10 groups of interleaved digitized samples with appended error correction codes. A
preamble timing signal and a start signal is then appended to the group of
interleaved digitized samples to form a transmit frame. A carrier signal is then
modulated with the transmit frame and the modulated carrier signal is then
transmitted to the communication medium. .
15
The receiving subsystem is connected to the communication medium to
receive and recover the modulated carrier signal. The modulated carrier signal
is then demodulated to recover the transmit frame and to extract the group of
interleaved digitized samples and the error correction codes from the transmit
20 frame. The group of interleaved digitized samples with the error correction
codes are checked, and the group of interleaved digitized samples with errors

are corrected. If any of the group of interleaved digitized samples are

uncorrectable, an estimated sample value of those uncorrectable digitized
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The transm ssion subsystem has a sanpl ed data receiver to receive thet1 FEB 2003
digitized sanples of the analog signals fromthe external source of the
digitized sanples of the analog signals. A variable sanpling rate

cdnvert'er is connected to to the sanpled data receiver to convert the
digitized sanples of the analog signals that are sanpled at the one rate

of the various sanpling rates to digitized sanples of the analog signals

sanpled at a fixed rate.. A.plurglity of the digitized sanples of the

anal og si grﬁﬁr@p'%'srg?ai%ﬁai 'ﬁi‘?r%f’%ﬁ‘éﬁ%f@m@F’@F?ntA”@é'?aV%@Qéizedca@mpdﬂs er is
connected to the vari aegrl e saggl ing rate converter and the data 15 buffer to
control thdOPPREERATY eliggt ¢'dhe Warorsectable digitizes samples. Anyof theatigitzepl es  of
the analog signals within the data buffer. An error correction code

generat or §ARIeH it @EgInelrongealahlecrymrecaverabin eoarednvaligl areceftveuted) ti pl e
digitized sanples of the analog signals through the data buffer controller
from t he datfBesigitizad samples are hendwmnstermedde actigital-de-analogaongener fat es an
error correction word that 20 appended to the nmultiple digitized sanpl es of
t he analsog restpnation ofthel analeg sigral.urns the nultiple digitized sanples of the
anal og 'signals with the appended error correction word through the data
buffer controller to the data buffer. The error correction code generator
creates a Reed- Sol onon error correction code 12 11 FEB 2003 with a the

error correcti ofhectdmnsmission babisystemn haslatsampleacdats rdseivdr t838cdvd g and one
control byte and 16 parity bytes. A frame formatter is connected to the

data buf f edigitieed samnbles of the' aestoy eighalsifiine tHeeaaabssube of tHd Mgt i P! €
digitized sanples of the analog signals with the appended er rgr correction
codes and aRpfEIeSofthe analog signals. A variable sampling rate converter is connected
10 to the sampled data réceivei' to convert the digitized samples of the analog
signals that are sampled at the one rate of the various sampling rates to digitized
samples of the analog signals sampled at a fixed rate. A plurality of the digitized
samples of the analog signals is retained in a data buffer. A data buffer
controller is connected to the variable sampling rate converter and the data
15 buffer to control the placement and removal of the plurality of digitized samples
of the analog signals within the data buffer. An error correction code generator
is connected to the data buffer controller to receive multiple digitized samples of
the analog signals through the data buffer controller from the data buffer. The
error correction code generator generates an error correction word that
20 appended to the multiple digitized samples of the analog signals, and then
returns the multiple digitized samples of the analog signals with the appended

error correction word through the data buffer controlier to the data buffer. The

error correction code generator creates a Reed-Solomon error correction code
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5 preanble timng signal and a start signal before the interleaved group of
the nultiple digitized sanples of the analog signals to forma transiiltFEB 2003
frame. A pulse position nodulator is connected to the frane formatter to
receive'the transmit frame and nodul ate a carrier signal according to a

pul se position nodulation with the transmt frame. A burst transmtter is
connected between 1o the pul se position nodul ator and the comruni cation

nedi um to cqonye nodul at ed carrier,sigpnal to the conmuni cati on nmedi um
The nodul at evﬁ'yrl:ér"?? gior %?quFan cgde W&F%ﬁﬂagg%aé@t%blﬁﬁlﬁ size\oif 288 hytesamer t ti ne

period to mnimz obabiJity of interference on the comunication

nmedi um 15 W%M Yieandol6 5@'6)/ bytesay Fme farmattenisresinpestedito thier dataand t he
nodul ated carrjier signal may be transmitted as |ight or as Radi o Frequency
energy. The Rifftes GORIERMR & Easeiveramiptarieaney grmsipafthe multipbe digitizied saaiples
coaxial cable, or two wire twi sted pair cable. 20 The receiving subsystem
has a recei éithe ghalegsianalmwitihthecappended atriooporretidhurndes apdrpeendslaanpl i fy
the nodul ated carrier signal and to recover the transmt frane. A

denodul atsor preambletiningsigral ahe arstartsigaal tiefordetho thtbaéavedgroupetliHeat ed
carrier signal and extract the groups of interleaved multiple digitized 13

11 FEB 2003 redltipleatigitized sampleslobthesargiay signais to fdit AERASHR®afie K
correction code. The denpdul ator is connected to a received data buffer to

retain the guisepasitiori mbaulatirveeonAdctddtoahd Frahe BRAatte e e tHehe anal og
signals with the appended
transmit frame and modulate a carrier signal according to a pulse position
modulation with the transmit frame. A burst transmitter is connected between
10 the pulse position modulator and the communication medium to convey a
modulated carrier signal to the communication medium. The modulated carrier

signal is transmitted as a burst within a short time period to minimize probability

of interference on the communication medium.

15 The communication medium may be either wireless or wired and the
modulated carrier signal may be transmitted as light or as Radio Frequency
energy. The wired communication media may be either fiberoptic cable, coaxial

cable, or two wire twisted pair cable.

. The receiving subsystem has a receiver connected to the communication
medium to sense and amplify the modulated carrier signal and to recover the
transmit frame. A demodulator is connected to the receiver to demodulate the

modulated carrier signal and extract the groups of interleaved multiple digitized

13



error correction code. A received data buffer controller is connected to

the 5 denpdul ator and the received data buffer to control transfer of 4tpheg 2003
groups of interleaved nultiple digitized sanples of the anal og signals

wi:'th the appended error correction code fromthe denodul ator to the

received data buffer. An error check and correction circuit is connected

to the received data buffer controller to receive one group of the

multiple digitized sanples of the analog signals with the io appended error
correct i on S@5es ehthegnalng %MRWHH@Q:WP%E%F’&HF% icPEaFtionceasiek stheand
corrects any errors that occur in transmssion in the one group of the

mul tipl e didgmeduletos grgsinasclgd te paeegivachdataibyfiar to retain theegroupf aces t he
corrected group of the multiple digitized sanples of the analog signals to
t he recei vddteslgaved muitinte digitizgd ﬁampg@rqfém abaleg gignats withithesappeededf t he
multiple digitized sanples 15 of the analog signals are identified for
conceal i ng.erroridooreictior codesr & redeived data buffencontliledistoonhbeted ¢ thieved dat a
buffer controller to receive and interpolate the non-correctable digitized

sanpl es 0f démodulatongnd trevaksived datartadiar taoomtfdl @@insfef of tHeegroaps 6fr r ect abl e
digitized sanples analog signals. A soft nuting circuit is connected to

the recei vegteriebaed riuitiple digitized ishempldsof alte anslof igralOnit ife sfpehtied 20
multiple digitized sanples that were not correctly received and decl ared

invalid angrdrepfchbn Ebde fitiith® HmBUdiaidri6 thesidBvBa data bixferad &eorsi gnal s

wi th non- recoverabl e and non-conceal able errors. The soft nuting circuit,

Si'anal &' ¢ hat oak o foeeRrbard s St ng rbec o SAETMAEy Coniter B 0

(digitized sappl edn8igrbliFoftR@ntiple digitized samples of the analog signals with the

1o appended error correction code. The error check and correction circuit checks
and corrects any errors that occur in transmission in the one group of the
multiple digitized samples of the analog signals and then replaces the corrected
group of the muiltiple digitized samples of the analog signals to the received data
buffer. Any non-correctable digitized samples of the multiple digitized samples

15 of the analog signals are identified for concealing. A block recovery circuit is
connected to the received data buffer controller to receive and interpolate the
non-correctable digitized samples of the analog signals to conceal an effect of
the non-correctable digitized samples analog signals. A soft muting circuit is
connected to the received data buffer controller to access those groups of the

20 multiple digitized samples that were not correctly received and declared invalid
and those of the multiple digitized samples of the analog signals with non-
recoverable and non-concealable errors. The soft muting circuit, further,

accesses those of the multiple digitized samples of the analog signals that are
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signals that are invalid or with non-correctable and non-conceal abl e 4 e 93
errors. The soft nmuting circuit then applies a snoothing function t ot g o &0
multiple digitized sanples of the analog signals to bring those of the
multipl'e digitized sanples of 5 the analog signals that are invalid or with

t he non-correctabl e and non- conceal able error to a null value. The

recei ving subsystemhas a jitter tracking circuit to conpare the bl ock

transm ssion_timng si.gnal . wwth a_clock sigpal of the receiver subsystemto -
10" dot er mi nEoER T AdAER IR i e oMbl racLsampien el hecnslog

I nterl eaved . rrul t‘bg{e- di gqi{t | zed sanpl es of the analog signals with the
appended er F@N2IHA} @ PYRIId QG yath mafscasTestable pad san-<oncealabigeators.ndheat es a
boundary of géoups of interleaved nmultiple digitized sanples of the anal og
si gnal s  wi t Ot RtiRg FikHi thenannlies agmanthing funshier to trermaultipletdigitivéd wor ds

wi thin each group of interleaved 15 nultiple digitized sanples of the

anal og si gn&PEwPigstaf the,analpg siamals tertrisg thessr efdbe Muttipie digitizedstampied of ns t he
correct nunmber of digitized sanples of analog signals. An interpolation
and deci frat thsharalpg gianalsghataradavalid or evithitbe poncerrectablecanichigorsi r cuit and t he
recei ved data buffer controller to generate or elimnate digitized sanples
of the anal cgnegaiale errmof ta pull valuer tracking circuit indicates 20 overrun
or underrun of the contents of the group of interleaved nultiple digitized
sanpl es anal og signals. 15 11 FEB 2003 An interface circuit is connected to
the received data buffer controller to translate the digitized sanples of

the anal og si gnalke tecewvii@subdysRAtEas aliltér thatking circuit to compare the block

transmission timing signal with a clock signal of the receiver subsystem to

10 determine overrun and underrun of the contents of the group of interleaved
multiple digitized samples of the analog signals with the appended error
correction code. The block transmission signal indicates a boundary of groups
of interleaved multiple digitized samples of the analog signals with the appended
error correction codes. The number of words within each group of ihterleaved

15 multiple digitized samples of the analog signals with the appended error
correction codes must contains the correct number of digitized samples of
analog signals. An interpolation and decimation circuit is connected to the jitter
tracking circuit and the received data buffer controller to generate or eliminate
digitized samples of the analog signals if the jitter tracking circuit indicates

20 overrun or underrun of the contents of the group of interleaved multiple digitized -

samples analog signals.
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subsequent circuitry. 5 The digitized sanples having variable sanplinq FED 2003
rates are sanpled at sanpling rates of 32 kHz, 44.1 kHz, and 48 kHz. %he
t'ransm ssi on subsystem nmay have at | east one anal og-to-digital converter
connected between the external source and the data buffer controller 1o to
receive the anal og signals and to generate the digitized sanpl es anal og
signals. The sanpling rate of the anal og-to-digital converter is
approximately 48 kHz. An alternate sanpling rate for the anal og-to-digital
converter is 44, Anipierfage girgyit isicospeded tp begecsivachdatabiuffiep bentebiigr td zed
sanples is conprised of a 15 plurality of |east significant bytes of the
even desi gniepslaty Getdigiszed sapples obthet drealag sigpalsto aidrimatlaecepiablei tied
sanples, a plurality of nost significant of the even designated digitized
sanpl es, a fubsaquephniecuitrpyte, a first plurality of error correction
parity bytes, a plurality of |east significant bytes of the odd designated
digitized sanples, a plurality of nost significant bytes of the odd
designated 20 digitized sanples, a second cormmand byte, and a second

plurality of err®he digiizeesangslehavihy vBNAIS sahBlinglrtéBardinpled Hie carri er
~signal is nodulated with a pul se positioned nodulation by positioning of a

pul se of theamplifig Rites bBB2KHY 4411 IkH, BGd ke the carrier signal
according to a binary value of a plurality of bits within the transmt

frane. The

The transmission subsystem may have at least one analog-to-digital
converter connected between the external source and the data buffer controller
10 to receive the analog signals and to generate the digitized samples analog
signals. The sampling rate of the analog-to-digital converter is approximately 48

kHz. An alternate sampling rate for the analog-to-digital converter is 44.1kHz.

The interleaved group of the multiple digitized samples is comprised of a
15 plurality of least significant bytes of the even designated digitized samples of the
group of multiple digitized samples, a plurality of most significant of the even
designated digitized samples, a first command byte, a first plurality of error
correction parity bytes, a plurality of least significant bytes of the odd designated
digitized samples, a plurality of most significant bytes of the odd designated
2 digitized samples, a second command byte, and a second plurality of error

correction parity bytes.
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plurality of bits of this inventionis two bits. 5 The digitized sarrpie;sggt_@ i
are encoded in a non-return to zero (NRZ) format. The burst transmtter =~
i'ncludes an infrared light emtting diode and a diode switching circuit
connect'ed between the pul se position nodul ator and the 10 infrared |ight

em tting diode tolactivate and deactivate the infrared light enmtting

diode with the nodul ated carrier signal. The receiver conprises a |light
sensitive diode that receives light radjated from¢the infrared |ight
emitting diode. .ﬁhi? ﬁ@eﬁﬁ'ﬂﬂ%dﬁ;ﬁp PFMPM RIHIGRsdeduationdr i er si gnal
by oversanpling.the nodul ated carrier signal to determ ne an eval uation

poi nt of tPRSURTHLG 9f 8 gulsgof the carrighsignal withi 8 period REthercarienisignal ane. 20
Brief Description of the Drawings Fig. 1 is a block diagramof a

transm tti rRFeRRdNg & 8ikinary valuerad mAlwiality af gits within berransmitdtammalhey si gnal s
of the prior art. 17 11 FEB 2003 Fig. 2 is a diagramof the format of the
S/ PDI F i nt eplpeatidy ofbits ofdhisdnventip isdwei kitgr am of a transmitting and receiving
system for digitized sanples of analog signals of this invention. 5 Fig. 4
is a block diagramof the transmitting systemfor digitized sanples

The digitized samples are encoded in a non-retumn to zero (NRZ) format.

The burst transmitter includes an infrared light emitting diode and a diode
switching circuit connected between the pulse position modulator and the
10 infrared light emitting diode to activate and deactivate the infrared light emitting

diode with the modulated carrier signal.

The receiver comprises a light sensitive diode that receives light radiated
from the infrared light emitting diode.
15
The demodulator demodulates the modulated carrier signal by
oversampling the modulated carrier signal to determine an evaluation point of

the modulated carrier signal to recover the transmit frame.

20 Brief Description of the Drawings

Fig. 1 is a block diagram of a transmitting and receiving system for

digitized samples of analog signals of the prior art.
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of analog signals of this invention. Fig. 5 is a block diagramof the 70
recei ving systemfor digitized sanples of 10 anal og signals of thEh1FEB o
invention. Fig. 6 is a diagramof the format of a block of franes of the
di.giti zed sanples of analog signals to be transmtted and received by the
transmtting and receiving systemof this invention. 15 Fig. 7 is a
diagramillustrating the conversion of the non-return to zero coding to the
pul se position npdul ation of this invention. Fig. 8 is a diagram of the

buf f er addr essi nfgi9o2 is Adiagram ohthe fermataf the SRDIErntedacaif fer of this
invention. Fig. 9 is a timng diagramof the operation of the transmtter
buffer of this invention. 18 Fig. 10 is atimng diagramillustrating the
over-sanpling recovery of the received digitized sanples of anal og signals
of this inventi offig. 8 isadlockHidgram df ladtvardimiiting iemd Irécesving sy stgmitfbe met hod of
transmtting digitized sanples of analog signals of this invention. Fig.
12 is a fl odigitizadrsampdes d¢ftematogt dignbis bf thicieventiugh. recovering, conceal i ng,
and reproducing digitized sanples of analog signals of this 10 invention.
Det ai | eds Descri ption of the Invention Refer nowto Fig 3 for a discussion
of the structure of the transmtting and

Fig. 4 is a block diagram of the transmitting system for digitized samples

of analog signals of this invention.

Fig. 5 is a block diagram of the receiving system for digitized samples of

10 analog signals of this invention.

Fig. 6 is a diagram of the format of a block of frames of the digitized
samples of analog signals to be transmitted and received by the transmitting and
receiving system of this invention. |

15
Fig. 7 is a diagram illustrating the conversion of the non-return to zero

coding to the pulse position modulation of this invention.

Fig. 8 is a diagram of the buffer addressing of the transmitter and receiver

20 buffer of this invention.

Fig. 9 is a timing diagram of the operation of the transmitter buffer of this

invention.
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recei ving systemof this invention. A source 305 of an anal og signal ! 7t

generates 15 analog signals to the left channel L and the right channel R
The anal og source 305 may be nicrophones, a radio receiver/tuner, or anal og
recordi ng nmedia. The analog signals fromthe left channel L and the right
channel R respectively are the inputs to the analog-to-digital converters
315 and 320. The analog-to-digital converters 315 and 320 sanple the
anal og signals at a fixed rate. The fixed rate 20 in the preferred

enbodi nent is 48 kHz and in an alternate enbodinent the fixed rate is 44.1
kHz. 19 11 FEB 2 3_%ye qhgitgl SOU[@EiBﬁO rovides digitized sanpl es of
the anal og si gnal' 'Ot tra' ShYU'R9 Giaghanislig QQ&%%V%TS@mpanare@d@nd@fd er stored
on a nedia such %ﬁ a..coqfact di sk, digital audio tape, or other digital
storage nedi'BRFVEHdiolized samples ofianalg sigrals gf tis inyeatioarpl e may differ from
the fixed rate of the preferred 5 enbodinent. In the case of digital source
310, conplying with the industry standards that inplenment the S/ PDF
format, the sanmpling rates will be, as described above, 44.1 kHz, 48 kHz,
and 32 kiz. The d&igitliisedlevadipprasn dlustaatiigiyesnehad sf ramsnittmsdigitized t o t he
transmtter 10 395. The transmtter 395 converts those digitized sanples
gener at ed f rsamplés ofaanatag signalk iofithis iventiore di gi ti zed sanpl es generated from
the fixed rate. The digitized sanples are reorgani zed to interl eave the
digitized sanples such that those digitized sanples that are adjacent are
separated such that they 15 will be transmtted at different tinmes. This

separation m ni MEE9 218 fRFPHEG'EN bb'the method of receiving, recovering,

concealing, and reproducing digitized samples of analog signals of this

10 invention,

Detailed Description of the Invention

Refer now to Fig 3 for a discussion of the structure of the transmitting and
receiving system of this invention. A source 305 of an analog signal generates
15 analog signals to the left channel L and the right channel R. The analog source
305 may be microphones, a radio receiver/tuner, or analog recording media. The
analog signals from the left channel L and the right channel R respectively are
the inputs to the analog-to-digital converters 315 and 320. The analog-to-digital
converters 315 and 320 sample the analog signals at a fixed rate. THe fixed rate
20 in the preferred embodiment is 48 kHz and in an alternate embodiment the fixed

rate is 44.1kHz.
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that any interference with the transm ssion prevents correction and .
reconstruction of the digitized sanples. Refer nowto Fig. 8 for a 171FEB 2003
di scussion of the data structure of the digitized 20 sanples of this

i nventison. In this invention, the data sanples consist of two bytes (16
bits) of the possible data sanples. The remaining byte (8 bits) of the
S/PDIF format is discarded. The first group 810 of 238 bytes consists of

t he alternatin | e nificant bytes of the |left channel L (A channel)
and the |east 2 alrgft?'ﬁ?g’ﬁ?e B0 eovistes ditizadgtampierpifbe aRalos Yerainel ) of

t he even des;gnat ed sanpl es. The second group 815 of 238 bytes consists of
the al t er nath@hhave been ET%WWIYC%‘?P'W?@%’QQOFQ n sored oo meldia sughcest e nost
significant bytes of the right channel R of the even designated sanpl es.
The third gﬁ@uaagmslbﬂlgzsbaw?éa@. ©o6Aties digitak steiage anediumatTihegsampling
significant bytes of the left channel L and the least significant bytes of
the right ctedesef thr digitizadbsarple aray djfier feam eenfitesisrate dfithe fooefetredgr oup 825
consists of the alternating nost significant bytes of the left channel L

and t he sosembodimernitcimthelrgse of digitahsburceg$10, compiyirhg Withthe ingiusirg
desi gnat ed sanples. As can be seen, the bytes of one digitized sanple are

10 separ at eﬁiahuaﬂﬁﬂhmmbnﬁbﬁtlthtﬂSﬂ’UlFWtstﬁb%ﬁmpﬁ Fa85 will b8, 4] acent of
the digitized sanples are separated by at |east 238 bytes. Vhile this

structure 'ées&@%%b@efﬁ1 khe. 48 RS 4R Ekipedi nent, ot her interleaving
patterns are possible ‘and still ar€ in keeping with the intent of this

invention. is Returning to Fig. 3, the transmtter 395 generates error
correction codes (ECC) 825 and 845 to be appended to the group of nopst

significant byt ep,84flitized samples of analog signals are transferred to the transmitter
10 395. The transmitter 395 converts those digitized samples generated from

differing sampling rates to digitized samples generated from the fixed rate.

The digitized samples are reorganized to interleave the digitized samples
such that those digitized samples that are adjacent are separated such that they
15 will be transmitted at different times. This separation minimizes the probability
that any interference with the transmission prevents correction and

reconstruction of the digitized samples.

Refer now to Fig. 8 for a discussion of the data structure of the digitized
20 sampleé of this invention. In this invention, the data samples consist of two
bytes (16 bits) of the possible data samples. The remaining byte (8 bits) of the
S/PDIF format is discarded. The first group 810 of 238 bytes consists of the

alternating least significant bytes of the left channel L (A channel) and the least
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and the group of nost significant bytes 820 of the odd designated sanples
805. The ECC codes 835 and 845 are forward error correction codes 11 i 7003
enpl oyi ng the Reed-Sol onon nethod of error correction encoding. The ECC
codes of this 20 invention 835 and 845 have a synbol size of 8 bits or one
byte and will have a Galois field G(2m) or GF(28). The block Iength (n)
of the ECC codes 835 and 845 of this invention is 255 bytes (2). The nunber
of correctabl e. rrggs i s ﬁbOﬁgp to be 8 and therefore the nessage size is
239 bytes, wHNFansoyies ofihe fight shannel BB champelhef thesevem designetedyt es 815
and 825 of the even_sanples 800 and the odd sanples 805 and one conmmand
and control sampgessg, %;%08‘4@0%515%2@?)5@3 eonsists wbtite altdroatingoaostect i on of
only the nost significant 5 bytes 815 and 820 of the digitized sanples. It
woul d be apg§ignfigant Bylgref the Ieftehanme! Lt ansl thetmastatgnificdin bytes of tHearighits i el d
G- (2m could be chosen and that a different nunber of correctable errors

coul d furt hehatreldhobte exed desighateuesamples B thirdwirblip BDE of D8&Blts Of thi s
i nvention. 10 15 The interleaved digitized sanples with the appended ECC

code of Bi gcoBsistraf theal@rafing leaet sighifiart byiEs St RS LAdWe- 6. Each
frame is divided into two su frarregﬂ,‘ an even subfrarrer%g%ﬁé?ﬁdgﬁn@odd

5 L he or oup oy Bt S e o e b BSeR R APt cub r ame
615 is strughdfSuri¥group 825 consists of the alternating most significant bytes of the left
channel L and the most significant bytes of the right channel R of the odd
designated samples. As can be seen, the bytes of one digitized sample are
10 separated by 238 bytés during a transmission. Further, two adjacent of the
digitized samples are separated by at least 238 bytes. While this structure is

adequate for the preferred embodiment, other interleaving patterns are possible

and still are in keeping with the intent of this invention.

15 Returning to Fig. 3, the transmitter 395 generates error correction codes
(ECC) 825 and 845 to be appended to the group of most significant bytes 810
and the group of most significant bytes 820 of the odd designated samples 805.
The ECC codes 835 and 845 are forward error correction codes employing the
Reed-Solomon method of error correction encoding. The ECC codes of this

20 invention 835 and 845 have a symbol size of 8 bits or one byte and will have a
Galois field GF(2™) or GF(2°). The block length (n) of the ECC codes 835 and
845 of this inventidn is 255 bytes (2"). The number of correctable errors is

chosen to be 8 and therefore the message size is 239 bytes, which is 238 of the
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described in Fig. 8 as the odd designated digitized sanples 805. The ECC
code 835 is appended to the even designated digitized sanples to cofml et 2003
the subframe 610 and the ECC code 845 is appended to the odd designated
digitized sanples 805. 20 A timng preanble 620 and 630 and a start flag
signal 625 and 635 are appended respectively before the even subframe 610
and the odd subfranme 615. The tim ng preanbles 620 and 630 each consi st of
up to 16 bytes of . iqu attern which identifies the beginning of each
subfranme 618° ﬁ&%%_ﬂygﬂgﬁﬁégtqqﬁ% ¢t RYRNeSaRie B0 8B thRweddrn i s a

uni que.pattern thgé{évigl ates the nornal gul se position nodul ation

her ei naf t erS3¥es PORANd PRE Cammand 3ng ¢astrabbyte B apd B4Ag preanbl e 620 and

630 is sufficiently long to allow the receiver to identify the timng
preanbl e 620 and 630 and "l ock”™ onto the timng preanble 5 620 and 630. The
start flag signals 625 and 635 each consist of two bytes of a unique

pattern indi cat iTig préferiedgmirodiment allone coredtichdfiomyer Ha& saididHe. The
formatted groups of the digitized sanples of the analog signals are then

used to gDt 815anh820 of thdl digitkedsamps! RevduPHS %}8%@2% }docglhé( g@ﬁ% eferred

1o enbodi nent, the nodulation I's a pulse position as shown

in FIO. 7.inieaitit ahile®iPBaIdid oA 1) BoGa R BRLEARRAGha! La08 1 evel s

that conprise a basic raw non-return ero enco a of the digitized

phases a1, ey el o HRAELERIS el cpbbunil el QmiobR A AER osi i on
nodul at i Ond%%gﬁgc@sh ﬁ'na'iﬁtel]foftﬂysg’lﬁ;[/érﬂ%h. The NRZ code (00) illustrated in the

bit time 7 alogicle

10 The interleaved digitized samples with the appended ECC code of Fig. 8
are formed for serial transmission as shown in Fig. 6. Each frame is divided into
two subframes, an even subframe 610 and an odd subframe 615. The even
subframe 610 is structured as described in Fig. 8 as the group of even
designated digitized samples 800 and the odd subframe 615 is structure as

15 described in Fig. 8 as the odd designated digitized samples 805. The ECC code
835 is appended to the even designated digitized samples to complete the
subframe 610 and the ECC code 845 is appended to the odd designated

digitized samples 8085.

20 A timing preamble 620 and 630 and a start flag signal 625 and 635 are
appended respectively before the even subfréme 610 and the odd subframe
615. The timing preambles 620 and 630 each consist of up to 16 bytes of a

unique pattern which identifies the beginning of each subframe 610 and 620.
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1 in the phase slot $,; NRZ code (01) illustrated in the bit tine 705

places a logic level | in the phase slot $2, the NRZ code (10) |Ilu$tratad
inthe bit time 710 places a logic level 1 in the phase slot +3; and the™”
NRZ code (11) illustrated in the bit tine 715 places a logic level in the

phase slot +4. 20 The nodul ated carrier signal is then burst transmtted to
a communi cati on nedium 345. The nodul ated carrier signal is transmtted as
light or a radio frequency (RF) radiated into the atnosphere in wreless
conmmuni cat iTow topingpredmbie GORRICEED patterrsisia uriduea patterathat idittesithe radi o
frequency transferred to a transm ssion cable in wired communication. |f

t he nodul anednabpulse positignalodutation Aeeindfiee descriedg the urliqué patteragfsn tted on
a fiberoptic cable. If the nodul ated carrier signal is transmtted as RF

it is trangme tinirsg preainbiebR@ and 6B0 AssUFsNAtE 066 kD BlicW thel reBbiPettyi Sted pair 5
two wire cable. The 476 digitized sanples that conpose a frame of the

digitized sgemifgthe frﬁ%ﬁﬁrééthbléjéko%?ﬂmﬁsaﬂ |GeKS bRicEfe TiHithG P:Féra?r‘rbi‘é't ation or

2.479 mlliseconds of ‘the presentation. The transm ssion frequency of the

A R
reanbl e e star a code n e command an
(I? ontrol byt C(UEQ%’? C?Cq%'@a[]ﬁ? gggufmgg? Hhe yery %@gwe 0NgStre. The

transmtter will not be transmtting or will be idle for 20 5 %of the
time. This will mnimze the probability that any burst of noise wll

interfere .
The formatted groups of the digitized samples of the analog signals are

then used to modulate a carrier signal within the transmitter. In the preferred

10 embodiment, the modulation is a pulse position modulation (PPM) as shown in
Fig. 7. The plot 725 shows the possible combinations of voltage levels that
comprise a basic raw non-return to zero encoded data of the digitized samples.
Each bit time Teem 700, 705, 710, and 715 is divided into four phases ¢4, $2, 3,
$4. The plot 720 shows the resulting pulse position modulation codes of this

15 invention. The NRZ code (00) illustrated in the bit time 700 places a logic level
1 in the phase slot ¢1; NRZ code (01) illustrated in the bit time 705 places a logic
level 1 in the phase slot 2, the NRZ code (10) illustrated in the bit time 710
places a logic level 1 in the phase slot $3; and the NRZ code (1;1) illustrated in

the bit time 715 places a logic level in the phase slot ¢a.

The modulated carrier signal is then burst transmitted to a communication
medium 345. The modulated carrier signal is transmitted as light or a radio

frequency (RF) radiated into the atmosphere in wireless communication or is
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15 with the transm ssion. If the transm ssion frequency is increased or the
period of a burst of the digitized sanples decreased, the tine of 11 FEB 2003
transm ssion decreases and the idle tine increases, furt her I mproving the
probabitity of having no interference. 10 The nodul ated carrier signal

that is transmtted on the communication nedium 345 is conveyed to the

recei ver 300. The receiver will recover the nodulated carrier signal by

converting t nal electr cal al 24 11 FEB 2003 The
nodul at ed cgg(ﬁ?@t@élad%%flﬁr%hﬁtoﬁgr{aa@ 615’?3?%{53'?%37%%&/‘%f"a’f‘?{@'sﬁpﬁr@mqted
frame of the \gﬂroal%s of di ﬂltl d sag‘gé@rs of the anal og (ﬂnal s. The

recei ver of 't RVEMNYS o'?:io d,eqrrigr Q'Q%éﬁ'ﬂrﬁ'ﬁ%ﬁ' edgeltight.dm t he s
nodul ated carrier gnal to synchroni ze the receiver 300 with the
transnitter '56"9@3"1'% PR &dibperptismableadf theonedwater sarrier signabjsdratemitted t he
transmtter clock. The receiver clock is specified to be nomnally

i denti cal wasiRF,lilds trepsmittedionra callie skch bsicobdalaable afsimpleanisted pgirand

phasi ng differences between the two clocks, the received nodul ated carrier
signal is nitwo eireagble: ecei ved correctly 1o and causes errors. To mnimze
the errors, the receiver recovers the nodul ated carrier signal to extract

the transmt frame of the digitized sanples of the anal og signal by
oversanpling the nodul ated carrier signal. Oversanpling is sensing the

FEhfency o1 | naTIAMTe RIS pie ol et S gtk
over sanpl i ngspresaHt 19 9isBAIpfAL St 2Psté@o! Ssic presentation or 2.479 milliseconds of
| the presentation. The transmission frequency of the modulated carrier signal in
10 the preferred embodiment is at 2.0 MHz. Thus the transmission of 476 digitized
samples coupled with the timing preambile, the start flag signal, the ECC code
word, and the command and control byte (493) byte) requires 1.972 milliseconds
to complete. The transmitter will not be transmitting or will be idle for 20.5 % of
the time. This will minimize the probability that any burst of noise will interfere
15 with the transmission. If the transmission frequency is increased or the period of
a burst of the digitized samples decreased, the time of transmission decreases

and the idle time increases, further improving the probability of having no

interference.

20 The modulated carrier signal that is transmitted on the communication
medium 345 is conveyed to the receiver 300. The receiver will recover the

modulated carrier signal by converting the light or RF signal to electrical signals.
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of sanpl es having one logic | evel after an opposite logic level in the
received nodul ated carrier signal, a starting evaluation point is ,, 6 .
arbitrarily assuned and each successive eval uation occurs at the fﬁéqbbﬁ@@3
of the nodul ated carrier 20 signal after the arbitrarily assunmed eval uation
point. The evaluated data is conpared with the expected ti mng preanble.

If a msmatch occurs between the evaluated data and the expected timng

preanble, th ' lon. ppint, is 25 FEB 2003 adj usted and the
data reeval ujp gtér_%%%gdg:%fé}teggtdnlgglsﬁﬁ%%gggad@mq%ﬁtolr ReOVEr ﬂ?%@a'l‘sﬁ\"gﬁ%l eis
recovered fromthe,.received nodul ated carrier signal. If the total timng
preambl e is fo?fgﬁ °g8}ee%’9883 85?'9@5?3??”‘?%’5 of the 2RAICY SIgRRISS recovering is
determ ned to be | ocked. Once the receiving timng is |ocked to the

recei ved nodul ated carrier signal, the start flag signal is sought fromthe
recei ved nodul ated carrjer signal. If the start flag signal is not found,
the franme is decthg&fegeivauel this iaventionsipgstnot exteachaltfansmittad clbtk from thear t
flag signal is recovered fromthe received nodul ated carrier signal, the
transmit o r amediletedeanriersignat te syndhrénizerthereceieeel0edithttbiratsaittear ri er
signal. Refer to Fig. 11 for a nore conplete overview of the selection of

the eval uat3gs Ties réceiver dop Aasanfodithal i8 Hidepen@éntidiend irdh@fitef clddR
receiver 300 with the received nodul ated carrier signal 750. The recovery

cl ock 755 hapherebaiveF BIER IE3peRffiedab BeHonSASN) ih@ﬁiéawtn e trhASmiiag Preferred
enbodi ment, a factor of six times the frequency of the carrier signal 760.

The timng codk biPBecitiss dfmeraggga:agaepﬁésm SifferbREedBEWeBhGHe &S "1 €7

signal 750. The recovered data
clocks, the received modulated carrier signal is not always received correctly

10 and causes errors.

To minimize the errors, the receiver recovers the modulated carrier signal
to extract the transmit frame of the digitized samples of the analog signal by
oversampling the modulated carrier signal. Oversampling is sensing the logic

15 level at a rate that is a relatively large multiple of the frequency of the carrier
signal. When a relatively large number of oversampling results indicate a series
of samples having one logic level after an opposite logic level in the received
modulated carrier signal, a starting evaluation point is arbitrarily assumed and
each successive evaluation occurs at the frequency of the modulated carrier

20 signal after the arbitrarily assumed evaluation point. The evaluated data is
compared with the expected timing preamble. If a mismatch occurs between the

evaluated data and the expected timing preamble, the starting evaluation point is
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the logic level of the nodul ated carrier signal 750 at the sanpling tipgrgﬂmm
the timng clock 755. As described above, the first |ogic |evel aftér h
opposite logic 20 level (logic level 0 in this case) starts the count to
establish the arbitrary evaluation point 750. The successive eval uation
points will be at the rate of the carrier signal 760 or in this case every
sixth occurrence of the timng clock 755. 26 11 FEB 2003 U . It is apparent

L0 those. skidded ind 1 dith rbduAB8, THRIIGIRE Ofcrklid M Ik ygheck, /53, oan

be nodified to a multiple tactor of the frequency

and still bej [ ] lptent of this . invention 5 The recovered
transnit frgjr?%&r'é%tq é’%&dgr%dc]fﬂé@&%r%%“’t"’ﬂé“?‘%‘%%&?"@ﬁé'ﬁ”@'- extract the raw
non-return encoded date of the digitized sanples fromthe pul se position

nodul at ed code of the transmt franme. The pul se position nodul at ed code of
the transmt fragf;(afhiaz?treconverted 1o as explained in Fig. 7 to the raw

non-return encod gl WpingrRseamble;is the delegied somective thelémingres the ansni t
franme. The interleaved digitized sanples of the analog signals and the ECC
codes ar & t Heepvenrivglizdetegninedy beflogked. iQnasrthe seceiving timingrie dockexib d¢ise t hat
have is been corrupted during transm ssion are corrected. The ECC check and
correction éegeivgdmRduldteshtasriensignalptheGant Bag signal iseboghisrérhstie ar e wel |
known in the art. In the preferred enbodi nent, 8 synbols or bytes are
corr ect abl e receieet modilatdtcayriensigodl. 2Re wtat flag Sighdliis ABE folMé SheSine

is declared invalid and brought to a null level. If the start flag signal is recovered

from the received modulated carrier signal, the transmit frame is then recovered

10 from the received modulated carrier signal.

Refer to Fig. 11 for a more complete overview of the selection of the
evaluation point to determine the locking of the timing of the receiver 300 with
the received modulated carrier signal 750. The recovery clock 755 has a.

15 frequency or rate of sampling that is, for the preferred embodiment, a factor of
six times the frequency of the carrier signal 760. The timing clock 755 sets the
sampling time of the modulated carrier signal 7560. The recovered data 765 is
the logic level of the modulated carrier signal 750 at the sampling time of the
timing clock 785. As described above, the first logic level after an opposite logic

20 level (logic level 0 in this case) starts the count to establish the arbitrary
evaluation point 750. The successive evaluation points will be at the rate of the

- carrier signal 760 or in this case every sixth occurrence of the timing clock 755.
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20 and 820

of Fig. 8 plus one command and control byte. The nethod to
acconpl i sh the ECC checking and correcting begins with cal cul ating t He

1 FEB 2003

syndronmes indicating any errors in the groups of nobst significant bytes 810

and 82D. For those groups of nost significant bytes 820 and 820 with
error, 27 Berlekanp's iterative algorithmis invoked to find the error

| ocator polynomal. The Chien search nethod is then used to |locate the

roots of the errgfs é‘gfﬁ"ﬂ? eYeRAIEah tﬁ&gﬂﬂ{?ﬁ?ﬁ%& e@??ly%gmeg%n is used to

conpute the error na

udes to reconstruc

M8 there are

Vet hod, i n PREC A8 an BAENIERE Ml feion o resspo sl hereagger

non-correctabl e qgr of the nost significant bytes 810 and 820 are
‘r‘ﬂﬁ) ﬁ@fbepﬁndﬁ?égmﬁ@th hedateptefi thisHawantiepr ors. The digiti zed

identified
sanpl es of

interpolate an estimate of the nagnitude of the sanple of the
signal. $t is welhe tacoueredicansoitrfcanag Isythan damedtlatahipltas reteivedt300a6 Y

greatly in

10

15

vigpa

anal og signals that are identified as having 1o uncorrectable
errors and their adjacent correct digitized sanples are then conbined to

anal og

magni tude and that interpolating between adjacent sanples wll
conceal anyextmut thecravenarbleturererebded dateeofdhe dRjitiedeimpiestrohiBe PAlseepPt | ON
of the 15 sound will not be affected, even though there may be sone high
frequency posifiar imodolatdd catieyofithiétrapsmit fiahf. di gi tized sanpl es of the anal og
signals have wuncorrectable and non-conceal able errors, or if frames of the
recei ved 20 nodul ated carrier signal are declared invalid, those franes are
.soft nuted to

The pulse position modulated code of the transmit frame is reconverted
as explained in Fig. 7 to the raw non-return encoded data of the digitized

samples to recover the transmit frame.

The interleaved digitized samples of the analog signals and the ECC
codes are then checked, and any of the interleaved digitized samples that have

been corrupted during transmission are corrected.

The ECC check and correction employs Reed-Solomon Error Correction
methods that are well known in the art. In the preferred embodiment, 8 symbols
or bytes are correctable in each of the group of 238 most significant bytes 810
and 820 of Fig. 8 plus one command and control byte. The method to
accomplish the ECC checking and correcting begins with calculating the
syndromes indicating any errors in the groups of most significant bytes 810 and

820. For those groups of most significant bytes 820 and 820 with error,
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prevent any "clicks" fromunrecoverable errors. The soft nuting enploys a
Nanni ng w ndow to wei ght the frames of the digitized sanpl es of analqgﬂi:uwﬂ
signal's adjacent to those franes that have uncorrectable errors and e
non- conteal abl e 28 11 FEB 2003 errors or that are invalid to weight the
anplitude of the adjacent frames to slowy decrease the anplitude of the
anal og signal to a null value. Further, muting is achieved by progranm ng a

delay to nu : : | Qi | the anal o i gnal s. The

ext ended nuPH'Eﬁ?g?‘ Eégt'ggbazdeog%ﬁedr]\tﬁe 9‘&5@%&1"?@1&"‘@3ﬁHP&@’%L"%R@"gmlog signal s
avoi d repetLii ] ference from suc sources as infrared renote

control s fo%??ﬁ%%?%ﬁﬁmﬂt 'stﬂa%u??e(&?r'a‘é‘%{??hedmS%MBP@@{/&Q‘:@F@’. The
infrared renofe contraql.s Eend a burst of data that can last from0.2 - 1.0
seconds. 10PEYPR™ 5H§"&ﬁ PiEY FAnrthm dgjusedior cosnpte theeerseranagnitidgade nust
mai ntain a constant nunber of digitized sanples. Even with the nethod of
over sanpl i nfERSstruedbs corsect sata; olf ﬂlﬂﬁeamfmée eriosshare areeeorradiable bydke of t he
transmtter 395 and the receiver 300 causes there to be an "overrun" (nore
digitized sRepHd¥lamon Eger CedertiornMethnde jn the case detheupréferfeewer di giti zed
sanples received in a frane) of the digitized sanples received in a

transm t frambodimentBdytas) thoseswn-correstalié grdups el trrampbiesighificdi® bytesd
transmt frame while an underrun causes fewer digitized sanples'to be

recei ved i ng#0andi820iare fdentifed foh furties Pro@issingas kdnédi thddet dridrs O
m sal i gnment between the frequency of the carrier signal and the
The digitized samples of analog signals that are identified as having
10 uncorrectable errors and their adjacent correct digitized samples are then
combined to interpolate an estimate of the magnitude of the sample of the
analog signal. It is well known that generally adjacent samples do not vary
greatly in magnitude and that interpolating between adjacent samples will
conceal any non-recoverable errors. In audio applications, the percepti.on of the
15 sound will not be affected, eQen though there may be some high frequency

distortion.

If any frames of the digitized samples of the analog signals have
uncorrectable and non-concealable errors, or if frames of the received
20 modulated carrier signal are declared invalid, those frames are soft muted to
prevent any “clicks" from unrecoverable errors. The soft muting employs a
Hanning window to weight the frames of the digitized samples of analog signals

adjacent to those frames that have uncorrectable errors and non-concealable
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so frequency of the transmit frane to detect any of the franmes of the
digitized sanples having either an overrun or underrun. \Wen an overriuhEBr2003
underrun occurs, the receiver 300 interpolates or decinates the franme of
digitized sanples to insure the constant nunber of digitized sanples in a
frame. 29 11 FEB 2003 The frames of the digitized sanples of the anal og
signals are transferred 390 to an external circuitry for further

processi ng t1ed | r to.be transferred to
Phe di gi tal ot PALE i itdd weidhs 4R B PRLUE bP R dciocly? A5 8 5Bubi o5 of

t he anal og g§j 0 the left channel are transferred to the

digital -to- %%fg%ge ﬂen?/rﬁklftgee gg%'eﬁﬁ‘é?oq ﬂgqq;:fq]arryﬂrva ces the anal og signal
380 for the left channel L. Those digitized sanples of the right channel R
are transferred to the digital-to-analog converter 375 that in turn
reproduces the apalog signal 385 for the right channel R 10 Refer now to
Fig. 4 for a di sEWiR§roMUBRg {srchigveddyi pregiemyisg edetastoonult subsequentent i on.
The anal og source 305, as described above, provides the left channel L and
ri ght channgigitiRegdfamplesseidhe apalogisignalm| Bre extended nalling ofthersubssquedt5 and
320 respectively sanple the left channel L and right channel R analog is

si gnal s anddigéizedsampiéscofdhg analpg digraipdwid fegetitiva irtérsreatd frahSsuch
Additionally, as described above, the digital source 310 provides
digitized ssogtesasinftdred ceradtegontolgiied teleVisordivitico tape récsae@samd t he

anal og signals fromthe digital source 310
audio systems. The infrared remote controls send a burst of data that can last
from 0.2 - 1.0 seconds.
10
Each frame of the digitized samples of the analog signal must maintain a
constant number of digitized samples. Even with the method of oversampling as
described above, the differences between the clock of the transmitter 395 and
the receiver 300 causes there to be an "overrun" (more digitized samplés
15 received in a frame) or "underrun” (fewer digitized samples received in a frame)
of the digitized samples received in a transmit frame. An overrun causes more
digitized samples to be in a transmit frame while an underrun causes fewer
digitized samples to be received in a transmit frame. The receiver tracks the
jitter or misalignment between the frequency of the carrier signal and the
20 - frequency of the transmit frame to detect any of the frames of the digitized
| samples having either an overrun or underrun. When an overrun or underrun

occurs, the receiver 300 interpolates or decimates the frame of digitized samples

to insure the constant number of digitized samples in a frame.
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20 are transferred to the digital receiver 400. The digital receiver111.{)§;_)F_.;.B2003
acquires the digitized sanples at the sanpling rate at which they are
retained within the digital source (e.g. 44.1 kHz for CD and MP3, 48 kHz

forr DAT*and DVD, and 32 kHz for DSR). The digitized sanples of the anal og
signals are transferred to the 30 11 FEB 2003 vari abl e sanpling rate (VSR
converter 405. The VSR converter 405 nodifies the digitized sanples of the
anal og signals to digitized sanples of the analog signals sanpled at a

fixed rate. In the preferred enbodinment, the fixed rate is 48 kHz. Thus,

the digitized sanmples for re.nodified froma sanpling rate of 5 44.1
kHz to that of 4%&?’“%“%?3&%&99 f Phe apalegsyanals aredeansfered of

44.1 kHz. A nethod to acconplish this is to send the digitized sanples of
the anal og 380dransexternal eifayiteyafor fusthen arasgssing ve ateciormattectr thduce t he
original analog signal. 10 The reproduced anal og signal is then an input to

an anal og- t @pprepriaié otdenve be dnansfiefrat te dmpdigitalttbanakyy anhvesdrsa3ml &6d si gnal
at the fixed rate or 48 kHz for the preferred enbodinent. In the alternate

enbodi ment , 37se THosedligititerl $EAYPIbS of TiRCiNARIg §iE RS BTOGS ISRt Adanfdr Lakdz. s
The digitized sanples of the anal og signal are then transferred fromthe

anal og- t o- ditgirsrredto\Bs HR)ita1-BLanaA0E cofierer 370 that 3 tlfeﬁlr? 'rﬁolrgé%éét e 7 ate

converter through the transmt data buffer control € transmt

data buffer ghbg Si§fall80T6r e ISR ERarHE LETHOSB Highidelf saftfleS BRiHEGIght t he

access to and the
channel R are transferred to the digital-to-analog converter 375 that in turn

reproduces the analog signal 385 for the right channel R.
10
Refer now to Fig. 4 for a discussion of the transmitter system 395 of this
invention. The analog source 305, as described above, provides the left
channel L and right channel R analog signals. The analog-to-digital converters
315 and 320 respectively sample the left channel L and right channel R analog
15 signals and generate the digitized sample of the analog signals. Additionally, as
described above, the digital source 310 provides digitized samples of the analog

signal.

The digitized samples of the analog signals from the digital source 310
20 are transferred to the digital receiver 400. The digital receiver 400 acquires the
digitized samples at the sampling rate at which they are retained within the
- digital source (e.g. 44.1 kHz fpr CD and MP3, 48 kHz for DAT and DVD, and 32

kHz for DSR). The digitized samples of the analog signals are transferred to the
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20 retrieving fromthe transmt data buffer 415 of the digitized sanPI es of
the analog signals. The transmt data buffer 415 is a random access ﬁe‘ﬂxﬁﬁﬂﬂi%
(RAM. In the preferred enbodinent, the transmt data buffer 415 is a
static 'RAM However, other nmenory structures such as dynam ¢ RAM (DRAM or
synchronous DRAM 31 11 FEB 2003 can be used for the transmt data buffer

415 and still be in keeping wwth the intent of this invention. Refer nowto

Fig. 8 to di ST r et t t.ransm ta buffer 415 s and the
assi gnnent swgﬁé?ﬁesg?@rlr'pﬁ)gﬁéei%t(vg@ gén\g?rfee{ ﬁ@g'di F&ﬁ%ﬂo%‘@ﬁﬁf 495 srodifigs anal og
signals. The tr. .t _data fer 415 is segnmented into groups of buffer

bl ocks. In ?rhee&g[@g‘grslag}yﬁeesr@%? REAIPY signalstogligitizerd samples bEtheanatts, buf f er
1 850, buffer F 870, ﬁnd buffer 3 890. The digitized sanples of the anal og
signal s pl St908's sayed abafixed rates Inthemreiesed ambhasgiment; theXd@d rasis 48
significant bytes of the 1o even designated digitized sanples 810 of the
anal og si gnks. dbuspiredigitized samplagl for3R aremodified & akainpfind rdtglorbuf f er

bl ock 850. The 238 nobst significant bytes of the even designhated digitized
sanpl es 815444iHdiziorthahef 4ehkHz oAb miternatey erabBdimenasmpldye FFedGaReB40 occupy
t he second address segnent 854 of the first buffer block 850. The 238

| east signi d4dkHe. byt es of the odd designated 15 digitized sanples 820
occupy the third address segnment 856 of the first buffer block 850. The
nost significant bytes of the -odd designated digitized sanples 825 occupy
the fourth address segnent 858 of the first buffer block 850. This

i E) ; lrjgtc ;,I:’ gnenabl & nigifod o &doRplish thid s tolkenditie HighteaSaMYIESof Re Ena o5 he
signals to a digital-to-analog converter to reproduce the original analog signal.
10 The reproduced analog signal is then an input to an analog-to-digital converter
that samples the reproduced analog signal at the fixed rate or 48 kHz for the

preferred embodiment. In the alternate embodiment, the fixed rate may be

another frequency such as 44.1kHz.

15 The digitized samples of the analog signal are then transferred from the
analog-to-digital converters 315 and 320 or the variable sampling rate converter

through the transmit data buffer controller 410 to the transmit data buffer 415.

The transmit data buffer controller 410 controls the access to and the
20  retrieving from the transmit data buffer 415 of the digitized samples of the analog
signals. The transmit data buffer 415 is a random access memory (RAM). In the
preferred embodiment, the transmit data buffer 415 is a static RAM. However,

other memory structures such as dynamic RAM (DRAM) or synchronous DRAM
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and conceal ment of errors during transm ssion. 20 Additional franes ﬂf~éh30
digitized sanples are likewise retained in the buffer block 2 870 5 dr 6 2003
buffer block 3 890 in the same organi zation as described for buffer block

1 850. This allows operations (receiving fromthe external 32 11 FEB 2003
sources 305 and 310, ECC encoding, and transmitting) to be acconplished in
paral lel. Each of the groups of nobst significant bytes 815 and 820 and the

s command and control bytes 830 and 840 are read fromthe transmt data

bul fer 415 CPP PSR aEterirnaiN byl fhh andsillbesnieepingontvtbel er o t he
Reed- Sol omon  Error Correction Encoder 420. The ECC encoder 415 generates
the synbol irteakoftbisinv@ntiaBna Gal ois Fiel d GF (28). Each synbol is a byte,

as above described, and the code allows 8 bytes to be corrected. 10 The
ECC codes 840 and 845 are each appended respectively to the nost

significant bytes 815 and 825 of the even and the odd designated digitized

sanpl es 800 and BBferimow toeFig.cENdIsARE NS StréQURRHIhS T4naRR dabEodaas
address segnment 858. 15 The interleaved digitized sanples are ret r‘lf‘llé}’ved

from each buhtithe Bbsighmes@f tHE/EbmpuenBBRelof H¥EdiG i30S ThhpRalg hyf fer 415
individually transferred to _
analog signals. The transmit data buffer 415 is segmented into groups of buffer
blocks. In the preferred embodiment, there are three buffer blocks, buffer 1 850,
buffer 2 870, and buffer 3 890. The digitized samples of the analog signals
placed in each buffer, as described above, with 238 least significant bytes of the
10 even designated digifized samples 810 of the analog signals occupy the first
address segment 852 of the first buffer block 850. The 238 most significant
bytes of the even designated digitized samples 815, the command and control
byte 830, and the ECC code 840 occupy the second address segment 854 of the
first buffer block 850. The 238 least significant bytes of the odd designated
15 digitized samples 820 occupy the third address segment 856 of the first buffer

block 850. The most significant bytes of the-odd designated digitized samples
825 occupy the fourth address segment 858 of the first buffer block 850. This
structure enables the interleaving of the digitized samples to allow the correction

and concealment of errors during transmission.

Additional frames of the digitized samples are likewise retained in the
buffer block 2 870 and buffer block 3 890 in the same organization as described

for buffer block 1 850. This allows operations (receiving from the external
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through the transmt data buffer controller 410 to the frame formatter 425.
The franme formatter appends the timng preanbles 620 and 630 and thd Bt@Rfs
flag 20 signals 625 and 635 of Fig. 6 to assenble the subfranmes of each
transmt frame 605 of the interleaved group of digitized sanples of the
anal og signals. 33 11 FEB 2003 Fig. 9 shows the access and retrieval
pattern of the transmt data buffer 415 of Fig. 4 over tine. The first
group of digitized sanples fromthe anal og-to- digital converter 305 or the
di gi tal soufEcesIPHhard 31ELL pRcedivg fanddfansaTitiog) tol kecaccosilished frhe fir st
time segnent 900. The second group of digitized sanples from5 the

anal og-t o- qdagatiell converter 305 or the digital source 310 are stored in the
second buffer block 870 during the second tinme segnent 905. During the
second time segnment 905, the ECC encoder 420 accesses the first buffer

bl ock 850, generates the ECC codes 840 and 845, and stores the ECC codes

840 and 845 in Edeh dithebrodpl bPmoB! dgHiiSat byldd dftPardbaglatd I segment 910,

athird group of io digitized sanplesS is stored in thet uf fer bl ock

890, 1t he Eortiiake afd ContidiBoled d¥ sfladd Sletat fro { eftﬁagngﬂﬂ &&!%fggﬁ | ock

870, and the first group of " digitized sanples w appended ECC codes
The fourt h 41 eeredet e i difine iindhi o Saftortpdler Bine FB3SRAGRSY; . "' ™
phaced | e Ghmbalie Bobl £ BReck Grcbael b BasLafiiht Bgbore mLee 11
e o R S ERGE T SRS S sl D1 0ok 890 are
described, and the code allows 8 bytes to be corrected.
10
The ECC codes 840 and 845 are each appended respectively to the most
significant bytes 815 and 825 of the even and the odd designated digitized
samples 800 and 805 in the second address segment 854 and the fourth
address segment 858.
15
The interleaved digitized samples are retrieved from each buffer block
850, 870, and 890 of the transmit data buffer 415 individually transferred to
through the transmit data buffer controlier 410 to the frame formatter 425. The
frame formatter appends the timing preambles 620 and 630 and the start flag

20 signals 625 and 635 of Fig. 6 to assemble the subframes of each transmit frame

605 of the interleaved group of digitized samples of the analog signals.
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This pattern or storing and accessing the transmt data buffer 415 20
continues for all follow ng segnents 920, 925 and forces sinultaneo 1 L 200
access and storing to the buffer bl ocks 850, 870 and 890. The transhit =~ “
data buffer controller 410 nust appropriately arbitrate the accesses and
storing to ensure there are no conflicts. 34 11 FEB 2003 Fromthe frane
formatter 425, the formatted transmt frane is transferred to the pul se
posi tion nodul ator 430. The pul se position nodul ator 430 encodes each pair
of bits of the f&REsHAwsIthgAecass ndsetiayalipalinmm of the transgmitdatabuffiae s
preferred enbodi ment, the frequency of the carrier signal nodul ated by the
transmit fréAd8eofifig.od oyesdisme. 2Thoe first group of digitizedesdmpliesfeomtthe apaloged- of ti me
of the audio analog signal represented by the transmt frame is 2.479

m | | i secondiigitati¢onvertert308 ot dhe digitallbusieyBrtd afecitorgdan Mz firsebaffertblodis i t

franme has a duration of 1.972 mlliseconds. As described above, the burst

transmi tt ergs63at the fiest timeategehdnd 900.2MRGIskedritgrolp @RIt dSaRpI&Y fréhanal . I n
the preferred enbodi nent of this invention, the burst transmtter 435 is a

SwitChing ahé GHblogHbaligifs bbMRIrRs 308%r HRAGGINA0AR 10 SiBlstoRih k10 di ode

t
! . st
445 to send light to the atnosphere which acts as t 15 commruni cati on

medi um 345.cesnd bafEhialoNfy dldify FR1 iBﬁ&%E%@gﬁ‘%ﬁLg&.gﬁﬁriH&\’h e wred or

wirel ess. The w red conmuni cat umnmay b ptic®cabl e, coaxi al

cabl e, 0" 3gkbifiq Yirieebitieft 865 Afb . Bhéodel U0 Bbsdsel 1AL bLRL: £ldck ™

850, generates the ECC codes 840 and 845, and stores the ECC codes 840 and
845 in the first buffer block 850. In the third time segment 910, a third group of

10 digitized samples is stored in the third buffer block 890, the ECC codes are
generated and stored in the second buffer block 870, and the first group of
digitized samples with the appended ECC codes are transferred to the frame
formatter 425 and on for transmission. During the fourth time segment 915, a
fourth group of digitized samples are placed in the first buffer block 850, the

15 group of digitized samples in the second buffer block 870 are sent on for

transmission, and the ECC codes for the group of digitized samples in the third

buffer block 890 are generated and stored back to the third buffer block 890.

This pattern or storing and accessing the transmit data buffer 415
20 continues for all following segments 920, 925 and forces simultaneous access
and storing to the buffer blocks 850, 870 and 890. The transmit data buffer
controller 410 must appropriately arbitrate the accesses and storing to ensure

there are no conflicts.
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20 either light or RF signals into the wired or wireless connunlcatlgq ,
medi um 345. The clock circuit 440 provides the necessary timng sign IsFER 2003
tthe anal og to-digital converters 315 and 320 to ensure the fixed rate of 48
kHz (or the 35 11 FEB 2003 alternate fixed rate of 44.1 kHz). The cl ock
citcuit 440 provides the necessary timng signals to convert those

digitized sanples of the analog signal taken at rates other than the fixed
rate to be converted to the digitized sanples of the analog signal sanpled

at the fixed rate. 5 The clock circuit 440 generates the 2 MHz carrier

signal and transfers it to the pulse position nodulator 340 to create the

modul at ed carri efrofi thedtandformatier 425 theMorhatted frassrivfraietis Gapsteirbgr 435.
10 The clock circuit 440 is fixed frequency timng generation circuit that

el i mnates mﬁerg@?} pYitich ROAAStor aﬁbeq*hé ggt%e%%mdn%aéun%r 856 @ﬁéoééé ‘o

transmtter the recei ver 300 of Ref er nowto

descripti onggfy, ;SQPof it Nhé‘ﬁaﬁé’rﬁﬂﬁ‘%ﬁ%a%. ﬁscﬁ%@ab&@e inr\‘yl M1 e The

nodul ated carrier si gna 'S trans onto e comun cat foncmedi um 345

to a receiv h n the
referre e | frent elig ansf phnére inpacts
2o i S BHES ReT EAT e Bt AW b

upon a | igh sen lve d'P fﬁ@ﬂ Changes in the light sensitive diode 500
are sensed 3 'ghﬁmef'th . |F'%fcel ver 505 to recover the nodul ated
carrier signal. 20 The recei ver 505 | ocks on to the nodul ated carrier

signal and conpl etes the

a

As described above, the period of time of the audio analog signal
represented by the transmit frame is 2.479 milliseconds and with the carrier
10  signal being 2 MHz, each transmit frame has a duration of 1.972 milliseconds.
As described above, the burst transmitter 435 is activated to transmit the
modulated carrier signal. In the preferred embodiment of this invention, the
bu.rst transmitter 435 is a switching circuit that activates and deactivates a light
emitting diode 445 to send light to the atmosphere which acts as the

15 communication medium 345.

As stated above, the communication medium 345 may be wired or
wireless. The wired communication medium may be fiber optic cable, coaxial
cable, or a two wire twisted pair cable. The burst transmitter 435 may transmit

20 either light or RF signals into the wired or wireless communication medium 345.

The clock circuit 440 provides the necessary timing signals to the analog-

to-digital converters 315 and 320 to ensure the fixed rate of 48 kHz (or the
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recovery by the oversanpling of the nodulated carrier signal to capture the
groups of the digitized sanples of the anal og signals as above- descrl hdd i 403
Fig. 11. The denodul ator 510 converts the pul se position nodul at ed
digitized 36 11 FEB 2003 sanples to the raw non-return to zero encoded data
of the digitized sanples as above-described in Fig. 7. The denodul at ed
digitized sanpl es now have the frame format of the 5 interleaved digitized
samples of Fig. 8 and are transferred fromthe denodul ator 510 through the
receive dat%{tegﬂ?tﬁ‘é-&egéﬂ‘@r%I4I4érk|"§)LST'ﬂ%C|Pﬁ|éCF@UH%P@&@&SW hecessary The
receive data buffer 520 is structured as the transmt data buffer 415 of
Fig. 4. Theirpiegaignalgta eoryartthosesiigitized sampled ofithecaresiey signaktakesi ch, in
the 10 preferred enbodi nent of this invention, is a static RAM However,

ot her menoriptessothecthandbe Sxadhrate toAbbrverteyne tiedigitize@BaMpRabf@ge Used as
the receive data buffer 520 and still be in keeping with the intent of

t hi s i nventanaiog Sigaaksampléd attheffixedeateecei ve data buffer 520 is identical
to that of the 15 transmt data buffer 415 as described in Fig. 8. The
recei ve glata buffer 520 has the groups of buffer blocks 850, 870, and 890.
Each of the buffer blocks 850, 870, or 890 has address segnments 852, 854,

956, and 958 o T gk ARSI Tarlated 1 3 e LEMUES Al il ES sl o5 O

t he anal og signal. Zo The nost “significan es of 9t ed
sanpl es of Fg@é : oSl e iani ficant bytes.of the odd
desi gnat ed ‘Fs‘g?b‘ es c%?lotrﬁggﬁlg%tgfégo g‘?g’ﬁ’%fb 'é‘gg‘s‘é&"ﬁ%‘gaﬁa"feééb%@? h\?i Hppended
ECC codes §A0 ;@0 t§thw BUrSt transmitter 435. |

10 The clock circuit 440 is fixed frequency timing generation circuit that
eliminates the need for a phase locked loop oscillator at either the transmitter

395 or the receiver 300 of Fig. 4.

Refer now to Fig. 5 for a description of the receiving system 360 of this

15 invention. The modulated carrier signal is transferred onto the communication
medium 345 to a receiver 505 that recovers the modulated carrier signal. In the
preferred embodiment, the light transferred through the atmosphere impacts
upon a light sensitive diode 500. Changes in.the light sensitive diode 500 are
sensed and amplified in the receiver 505 to recover the modulated carrier signal.

20  The receiver 505 locks on to the modulated carrier signal and completes the
recovery by the oversampling of the modulated carrier signal to capture the
groups of the digitized samples of the analog signals as above-described in F ig.

11. The demodulator 510 converts the pulse position modulated digitized
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retrieved by the receive data buffer controller 515 fromthe receive data
buf fer 37 11 FEB 2003 520 and transferred to the Reed- Sol onon EEC detdddi 2003
525. The Reed- Sol onon EEC decoder 525 checks and corrects the nost

signi fircant bytes of the even and odd designated digitized sanples 815 and
825 using the Reed- Sol onon ECC nethod as descri bed above. The corrected
nost significant bytes s of the even and odd designated digitized sanples
815 and 825 ar & sggggg t hrough the receive data buffer controller 515 to
the recei veS3R'GS dAWS-retUrR & gergrenaqded date it digitized semplemas i cant
bytes of the digitized sanples having uncorrectable errors (nore than 8
bytes in erfRavesdesgabed infdg. Gbove) are identified for further processing
to conceal the effect of the errors on the to reproduced anal og signal.
Those of the digitized sanples identified as having uncorrectable errors
are retrieved with their adjacent correct digitized sanples of the anal og
signals from t Hehe dereodubatdd dipitimefd sam@Ead nawdave thvesitame esinidiioptgh t he
receive data buffer 15 controller 515 to the block recovery circuit 530.

The bl ook rietesieavgd digitized tsafples ofiftigrahadbrstramsi@sdd fidrmhehe Hetle@ulator
uncorrectable digitized sanple fromthe adjacent digitized sanples of the

anal og si gr§do theougiTthe abceitedata GueE BbRRIIRT 815 & tHe'tetdife dgiagb&ﬁe%%‘iosa”p' €.

The preferred enbodi ment enpl oyees a |inear interpolation et ween adj acent
digitized sanples to insure an ease of hardware 20 inplenentation. It is in
keeping with the invention to use nore conplex interpolation nethods.

The receive data buffer 520 is structured as the transmit data buffer 415
of Fig. 4. The receive data buffer 520 is a random access memory, which, in the
10 preferred embodiment of thié invention, is a static RAM. However, other memory
structures such as DRAM or synchronous DRAM can be used as the receive

data buffer 520 and still be in keeping with the intent of this invention.

The structure of the receive data buffer 520 is identical to that of the
15 transmit data buffer 415 as described in Fig. 8. The receive data buffer 520 has
the groups of buffer blocks 850, 870, and 890. Each of the buffer blocks 850,
870, or 890 has address segments 852, 854, 856, and 858 to retain the frame of

the interleaved digitized samples of the analog signal.

20 The most significant bytes of the even designated samples of the analog
signal 815 and the most significant bytes of the odd desighated samples of the
analog signal 825 with the respective appended ECC codes 840 and 845 are

retrieved by the receive data buffer controller 515 from the receive data buffer
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38 11 FEB 2003 The interpolated estimate of a correct nmagnitude of the
uncorrectable digitized sanple is transferred fromthe bl ock recovery
circuit 530 through the receive data buffer controller 515 to be st dridd: i
the | ocation of the uncorrectable digitized sanples with the receive data
buffer 520. 5 Any bof the digitized sanples that have errors that are

nei t her correctable nor conceal able are identified for soft nuting. Those

buffer bl oc se nts cont gjni inpvalid frames or uncorrectable 10 and
non- conceal g'%pea%r}s?e[@] ‘93%@%%?@%95#@%@@96{ 828.nEhe Heednut i ng
circuit 535 with a nunber of adjacent frames of the digitized sanpl es of
the anal og SalgRan EEGdecoget 528 chegks@andwermecsabe mgst sigaifisahtytesigf thendow t o
the frames of the digitized sanples to weight the franes adjacent to the

inval i d frayenand ddddesignatecdigiiced semples| 84 5and 825nushaytedkedd-e errors to
elimnate any "clicking” 15 noise as described above. The jitter tracking

ci rcuit 545 Soiorpan E€ Cambthodlast desesibed above. t The e@rectéNmbst éﬂ?tﬁihcéﬁr!ﬂésng
timng of the receiver 505 to identify any m salignment between the block

transni ssi onf thewven andiowd deignatbe digiiadld s2endiéd B8 sﬁé‘gré{ ﬁ%ﬁ‘é’dd/ef 505 20
e al

t hat indicates the above-described overrun or underrun o gitized

sanpl es Wi thyoagh HRTRceilB @b aﬁﬂfeﬁdo@;}%p%rzﬁéﬁgitﬁ g@'edgﬂ/ei . bikEes, boundary

bet ween groups of adjacent franes sanplres o e anal og

signal. The | At ' i & ' any. adj ust nent. of the

sa?rpl ng ti %h%é‘\%‘{rﬁl@r}éﬁ dridbd MEY digrfichrit bRES BF thePGiitdal samples having
uncorrectable errors (more than 8 bytes in error as described above) are '
identified for further processing to conceal the effect of the errors on the

10 reproduced analog signal.

Those of the digitized samples identified as having uncorrectable errors
are retrieved with their adjacent correct digitized samples of the analog signals
from the receive data buffer 5§20 and transferred through the receivé déta buffer

15 controller 515 to the block recovery circuit 530. The block recovery circuit 530
interpolates an estimate of the uncorrectable digitized sample from the adjacent
digitized samples of the analog signal to conceal the uncorrectable error in the
digitized sample. The preferred embodiment employees a linear interpolation
between adjacent digitized samples to insure an ease of hardware

20 implementation. It is in keeping with the invention to use more complex

interpolation methods.
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39 11 FEB 2003 the receiver 505 if necessary. The synchronization cif ¢¢igly 2003
505 further retrieves a frane of the digitized sanples and interpol ates or
deci mates any underrun or overrun of digitized sanples with the franme to
provi de the correct nunber of digitized sanples of the anal og signal
within the frame. 5 Each franme of the digitized sanples of the anal og
signal is then transferred fromthe receive data buffer 520 through the
receive data buffer controller 515 to the data out interface 550. In the
preferred embodiTheninterpelatedgsatimateof @ porsect magnitude bétheasdomeetablece t hat i s
known in the art for digital audio 1o transm ssion. The data out interface
550 tr ansf edigitize@ sainglet is fradsteaned fesn thfe blbek resaeery girsiiy §30 shrbagh tree

digital -to-anal og converters 370 and 375. The digital-to- anal og converters
370 and 375recejveathta bufféreontrallards 15 tghal stored iR G foeatidrhefthef t  channel L and
t he anal og signal out 385 for the right channel R The data out interface

al so provi dgscorfeetdbladigitizbd dagipldszfith halTetsive batatbdfegisppl format 390 for
15 further processing by external circuitry. One inplenentation of the

preferred enbodi nent of the receiving system 300 is as a portable renote
system for headphones to reproduce audio signals. |In this application, the

Ciroult 965 wi | T Baeno SRR bRt ERLfdle oot it R Tefille BRadIe S0 Cg

circuit 565 will n no amasgg sanpl anal og

21 Poui t sosFrEncraabGad M BRUIT Lo NSl  age cource Trom the

Those buffer blocks segments containing invalid frames or uncorrectable
10 and non-concealable digitized samples are transferred to the soft muting circuit
535 with a number of adjacent frames of the digitized samples of the analog
signal. The soft muting circuit §35 applies a Hanning window to the frames of
the digitized samples to weight the frames adjacent to the invalid frames or
frames with uncorrectable and non-concealable errors to eliminate any "clicking”

15 noise as described above.

The jitter tracking circuit 545 compares a block transmission timing signal
with sampling timing of the receiver 505 to identify any misalignment between
the block transmission timing signal and the sampling timing of the receiver 505
2 that indicates the above-described overruh or underrun of the digitized samples
with a frame. The block transmission timing indicates a boundary between
groups of adjacent frames of the digitized samples of the analog signal. The

synchronization circuit 540 provides any adjustment of the sampling timing within
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40 11 FEB 2003 receiving system Wen this happens, the soft nuting qi{fgbtmm
535 is engaged to prevent noise during the disabling of the power supply
vol t age source. The receiving clocking circuit 560 provides the
oversanpling timng signal 5 to the receiver 505 to recover the nodul ated
carrier signal and to |l ock the receiving system 300 to ensure the recovery
of the nodul ated carrier signal. As described prior, the receiving clock
circuit 560,is nomnally identical to the clock of the transmtting system
440 of Fig. e regRYeRPPP Hneseesarny The syncheonizatipndliisuit 506ifurthsrireiefesiad t he
transnitting clock circuit 440 are the tolerance and phase 10 differences
of the two tBMEfitke gigitizes samplesahdinterpolatesareldcinmated any uhéieturt 6acki ng
circuit 545 and the synchronization circuit 540. The command and control
byt e 830 andveyun of digitged SBampiesaiitisthe dramentd previde tiontopéct hakdet bat i S
accessible in the receive buffer 520 of Fig. 5. The 15 command and contr ol

ci rcui t 555digitizedrsamles obthe apalgaigran withPithe e, to an interface to

external circuitry. The command and control circuit accesses the comand
and contgol circuit bytes in the receive buffer, then decodes the conmand
and control byte and transfers appropriate command and control signals to

the external ci rEgé frimeldt e \Gigh8d SamBRsSTBALAREY i Rihgy nal 20

connection is a serial interfaCe to pr une- ¢ r ol a renote

speaker or yhRkfefr8d frohl MeTEESHS Qlta'tlr 830 BhrodyR M Moceils data bifrar2203

controller 515 to the data out interface 5§50. In the preferred embodiment, the
data out interface is the I°S interface that is known in the art for digital audio

10 transmission. The data out interface 550 transfers the digitized samples of the
analog signals to the digital-to-analog converters 370 and 375. The digital-to-
analog converters 370 and 375 reproduce the analog signal out 380 for the left
channel L and the analog signal out 385 for the right channel R. The data out
interface also provides the frame of digitized samples in a digital format 390 for

15 further processing by external circuitry.

One implementation of the preferred embodiment of the receiving system
300 is as a portable remote system for headphones to reproduce audio signats.
In this application, the receiving system must be disabled when not in use. The
20 power management circuit 565 will senée when no frames of digitized samples of
the analog signal are received for a relatively long period. The power

management circuit 566 then removes the power supply voltage source from the
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As is known by one skilled in the art, many of the functions of the
transmtting system 395 of Fig. 4 and the receiving system 300 of Fig.; by 2005
could be incorporated as methods executed within a conputer system such as
a 'mcroprocessor, a digital signal processor, or a mcrocontroller. Refer
now to 5 Figs. 11 and 12 for a review of the nmethod for transmtting
digitized sanples of an analog signal, receiving the digitized sanples of
t he anal og S|%na and e\8[o uci ng the anal og signal. The nethod of

transm tti ngCPRYNASYPERk; (WhRG this Heppens fee snfhmuting cirauitr§85eis engged td he

anal og signal. The digitized sanples have the format as described for the

i nt er nat i on®revant Relsedhiringhe disabling ofitbe PowBl Bupply Udltage W& di gi ti zed
sanples that are collected at a sanpling rate other than the fixed rate of
this invention nust be converted 1115 to digitized sanples collected at
the fixed rate. In the preferred enbodinent the fixed rate is 48kHz and in

the alternate enfbdiresriting tlocking circieg60 prévides thé olelsEr to
receiving 1100 the digitized sanpl es fro% a digital esou hﬁbhﬁﬁﬁgﬁ&g}{&

MP3, DATs Dthesfeceiver 505 foeicyvetahd ridiuldied é@ﬁk?gpéégéﬁgtgﬁgglﬁ,ge”m m “9 an

anal og-to-digital conversion 1120 at the fixed the 20

Channel o o n0g e e S S e oo P RE a Tdl Beriasimal ce. ¢
channel _andaegeif i A0Sk ABS S IR Bho knamaly entat e g, 1120
of the transmitting system 440 of Fig. 4. Any difference in the receiving clock |
circuit 560 and the transmitting clock circuit 440 are the tolerance and phase

10 differences of the two circuits and is tracked and corrected in the jitter tracking

circuit 545 and the synchronization circuit 540.

The command and control byte 830 and 840 of Fig. 8 contains command

and control data that is accessible in the receive buffer 520 of Fig. 5. The |

15 command and control circuit 555 has an external connection (not shown) to an
interface to external circuitry. The command and control circuit accesses the
command and control circuit bytes in the receive buffer, then decodes the
command and control byte and transfers appropriate command and control
signals to the external circuitry. In the preferred embodiment the external

20 connection is a serial interface to provide volume control to a remote speaker or-

for text transmission to a panel display.
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digital to forma left channel set of digitized sanples and a right channel
set of digitized sanples. The digitized sanples of the anal og signall 1aFeB 2003
stored 1125 in a buffer and 5 organized into the interleaved structure of
Fig. 8 'As described in Fig. 8, the least significant bytes of the even
designated digitized sanples are placed in a first segnment of the buffer.
The | east significant bytes of the |eft channel set of digitized sanples
are alternated w,th the right channel set of digitized sanples wthin the
first segment. THS! %?W%bgﬂﬂ?ﬁ 'gﬁa ihiheest, grany ot the fusetienseef thef t channel 10
and right channel set of even desugnated digitized sanples are placed in
the second "GO5MEHRY SYSteAS9/ AT 9. 4 anrbthedgerivieg gistemc300 ofiFige5 cofildibee
alternated | eft channel and right channel set of the odd designated
digitized s#frReratadas peiheds exacuted withinda segputet systermisechatfer . The nost
significant bytes of the alternated |eft channel and right channel of the

odd desi gnamigrogragessored digitap sigsahproaessop| aeadicracontrber tRefeegsRMe Of t he
buffer. This structure interleaves the digitized sanples such that

adj acent ssaffigsed1and t2fpaa aévdwtod thieednﬂthfbﬁtrarWnﬂﬁiﬁBidiéifiied)éarﬁ{ﬂlegrorfOr
condition totally disrupting groups of digitized sanples and he errors

t hat occur @amnak i i . rocessi ng of
the digitized sarrpgrse?g, f%gélt\)/ﬁr f@?%@i&nﬂﬁatnﬂ%?ibtﬁgﬁa@%[@l‘J}@J’ar'e g?n 20

multiple fr 8d@dind e addisd Li d groups of digitized sanples. An error
correction g%%e IS égener at(gddg@?élg for the group of digitized sanples and

appended to the groups of digitized sanples within the buffer. In 43 11 FEB
2003

The method of transmitting begins receiving 1100 of the digitized samples
10 of the analog signal. The digitized samples have the format as described for the
international standards that define the S/PDIF format. Those digitized samples
that are collected at a sampling rate other than the fixed rate of this invention
must be converted 1115 to digitized samples collected at the fixed rate. In the
preferred embodiment the fixed rate is 48kHz and in the alternate erﬁbédiment

15 the fixed rate is 44.1kHz.

Alternative to receiving 1100 the digitized samples from a digital source
such as a CD, MP3, DAT, DVD, etc., is receiving 1110 the analog signal and
performing an analog-to-digital conversion 1120 at the fixed rate to generate the

2 digitized samples of the analog signal. The analog signal may have multiple
channels. For instance, the analog signal of stereo audio has a ieﬂ channel and

a right channel. Each channel is separately converted 1120 from analog-to-
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the preferred enbodi nent of this invention, the ECC code is generated 1130
for the second segnent of the buffer or the nost significant bytes qf ppg,mm
even designated sanples and for the fourth segnent of the buffer or tLé““’“““
mo$t significant bytes of the odd designated sanples. 5 The ECC generation
1130 enpl oys a Reed- Sol onon nethod on a codeword of 255 bytes have a

Galois Field GF (28) where 238 of the nost significant bytes of the

digitized s co n nd.control byte are the data to be

pr ot ect ed. @g@é@@@r@gﬁg&ﬁh%@ﬁﬁ@g digitized sampirssanda right ehannepsetsd to 8
bytes wthin the code word. Each frane of the groups of interleaved
digitized s%fﬁé'?ggsamglelsornatted 1135 to formthe transmt frame. The
transmt frame is structured as shown in Fig. 6. As described in Fig. 6, a
first timng preanble and a first start flag signal 15 are appended before
t he even designated digitized sanples to forma first subframe. A second
tining preanbl e Hiedigitized samplesaf the amajog signal arerstoredA2Bds e RekPERgt he odd
designated digitized sanples to forma second subframe and to conplete a

frame. 20 Torganizedintd thd interieavbd stroctuseofiigi 8.1 AL dBBEHBet iAFid Jgthé carrier
signal. The pul se position nodul ation 1145 converts the raw rion-return to

Shown Tn B It h oo o e e ed Hihiz B S o o 0
frequency dirstdegntent of thetshiftet. TTHE 1€d¥ 3ignificant bytes of the left channel set of
digitized samples are alternated with the right channe! set of digitized samples
within the first segment. The most significant bytes of the alternated left channel
10 and right channel set of even designated digitized samples are placed in the
second segment of the buffer. The least significant bytes of the alternated left
channel and right channel set of the odd designated digitized samples are
placed in a third segment of the buffer. The most significant bytes of the
alternated left channel and right channel of the odd designated digifized samples
15 are placed in a fourth segment of the buffer. This structure interleaves the
digitized samples such that adjacent samples are separated to reduce the
probability of an error condition totally disrupting groups of digitized samples and
the errors that occur can be corrected or concealed. To allow parallel

processing of the digitized samples, the buffer has multiple segments to retain

20 multiple frames of the interleaved groups of digitized samples.

An error correction code is generated 1130 for the group of digitized

samples and appended to the groups of digitized samples within the buffer. In
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MHz. The positioning of the pulse is determ ned by the value of pairg pkgp 2003
bits of the transmt franme. The nodul ated carrier signal then activates a
driver circuit to transmt 5 1150 the nodul ated carrier signal on a
communi'cati on medium As described above, the communication nmedi um may be
wired or wireless, transmtting either |ight or RF energy. The wred

communi cati on nedium may be fiber optic cable, coaxial cable, or conmon

two wire twst | e, The burst ftr itter 1150 is transmtting
the entir evwnh%dﬁ? g{?géci{ %@?&#'@Fn}%itB'ﬁéTveI”HP”'aﬁ"?MP%?jﬁ gansrategd d4a3Qforuhen
conpared wi fh the Qeri od {)f éhgp&nal og Si ?n_al _included in the frame of the
digitized sQFpT%ONY SROmgat ofithe bulieror thamest significantiytenaithesven the | eft
channel and the right channel are included in each frane. Since the

sanpl es of H&HINALH sampiasandipgtherfoudihsegmentodf thérbuffer orithemashannel are
created sinultaneously, 119 sanples of the anal og signal or 2.479

m | | i secondsigeificanebydempidhe oddniebigaatedtsamples.t ted. Wth the frequency of
the carrier signal being 2 MHz, each frame is transmtted in 1.972
mlliseconds. The transmssion is then idle 20.5 %of the tinme. This

m ni m zes any effect of burst noise in the transm ssion nmedi um and

i mproves the prOMECCtgeﬁeMIontmo?é?nﬁlbﬁﬁfﬁe%ai.%]omnrn?%ﬁgqgﬂ 1155 If the
t he od 0 h

frequency of the carrier signal increases or peri e burst of
the digi ti zesHewopaaf 355 BpteS #a08 a G8isiFLIg Gif ' ' se.gcecordingly.
45 11 FEB 2003 The nodul gtt@ed car rc%;er| Si gnacF gﬁs;) Wé‘%é? %%%Sﬁﬁggﬁ%@ sensi ng and
amplifying significant_ bytes of the digitized samples and one command and control byte are

the data to be protected. The ECC code is 16 bytes and provides correction up

10 to 8 bytes within the code word.

Each frame of the groups of interleaved digitized samples are formatted
1135 to form the transmit frame. The transmit frame is structured as shown in
Fig. 6. As described in Fig. 6, a first timing preamble and a first start flag signal
15 are appended before the even designated digitized samples to form a first
subframe. A second timing preamble and a second start flag signal are
appended before the odd designated digitized samples to form a second

subframe and to complete a frame.

20 The transmit frame then pulse position modulates 1145 a carrier signal.
The pulse position modulation 1145 converts the raw non-return to zero
encoding of the digitized samples to the pulse position coding as shown in Fig.

7. In the preferred embodiment, the carrier signal has a frequency of at least 2
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the nodul ated carrier signal. In the preferred enbodi nent, the nodul gjt.qu VT
carrier signal is transmtted 1150 as infrared |light created by activVvatin

and deactivating a light enmitting diode to radiate the infrared light to
the atnosphere. 5 A light sensitive diode receives 1155 the infrared |ight,
converts the infrared light to electrical inpulses that are sensed and
anplified. The received nodulated carrier signal is recovered by

over sanmpl i t he received ulated, carrier signal to determne a position
to | ock on[}gHrzoe@gp‘fq.ﬂt@nl'}gr;&g%%BPﬁ?é‘"tidetéém'f‘?@lbyghﬁgvﬁue ofrpeirg dfitsgofpr eanbl e
is tested to find the correct |ock position to 1o correctly retrieve the
timng predRBIt@NSMHTaMe ¢ | ag signal sensed, and the frame of the groups
of interleaved digitized sanples are recovered. The recovered nodul at ed
groups of the interleaved digitized sanples are denodul ated 1160 to
recover raw non-return to zero encoding of the digitized 15 sanples. The
frames of the dithemeddatedmarrier sigral teor axdivates@ drived cipeliif ortradsmidescr i bed
in Fig. 8 The nost significant bytes of the even designated digitized

Sanmpl es sand 180thawsaaisatgdickirion Signdlyorea comricatdH rishind Aseibstlighd | 2ed
sanples 20 and their respective ECC codewords have an ECC check and

corr ect i on abioi, theascmimurieation hédidmansl bERAEY & ireflds OfrSndrlithACeitfiep! L 264

sanples within a frane. The ECC check and correction’ nown

Reed- Sol omjgheet Rekriagy. dﬂ%Mr@c?éofﬁhﬁ\ﬁgzgﬁéﬁ n?e%i@?ﬁa%%%}ﬁ%%pﬂf: chbR, 97 oups

of nost significant by% es of the even signated or-o
coaxial cable, or common two wire twisted pair cable.

10 | The burst transmitter 1150 is transmitting the entire modulated carrier
signal for a relatively short period when compared with the period of the analog
signal included in the frame of the digitized samples. in the preferred
embodiment, 238 samples of the left channel and the right channel are included
in each frame. Since the samples of the left channel and the samples 6f the

15 right channel are created simultaneously, 119 samples of the analog signal or
2.479 milliseconds of the analog signal are transmitted. With the frequency of
the carrier signal being 2 MHz, each frame is transmitted in 1.972 milliseconds.
The transmission is then idle 20.5 % of the time. This minimizes any effect of
burst noise in the transmission medium and improves the probability that the

20 transmission is received 1165. If the frequency of the carrier signal increases or
the period of the burst of the digitized signals decreases, the idle time will

increase accordingly.
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designated digitized sanples that cannot be corrected are identifiedq tcrgf
recovered 1185 by concealing the error. The groups are tested 1180 for 2003
haV|ng s errors. If there are errors, the digitized sanples with errors and
thé adjacent digitized sanples that are error-free are exam ned and an
estimate of the digitized sanple in error is generated by linearly
i nterpolating between the adjacent digitized sanples that are error free.

ed sanples are then stored 1190 in the

10 The corrected e ed di

buf fer in the Io-gﬁ% F{)Oﬁf g%?fi SHRER 'gﬁ?ﬁﬁf%ce'vﬁqynéﬁrté’cs@@émlﬁ@ anplifyingar e
identified  for aof ti.ng. The frames of the digitized sanples are
checked 119Hgpdy ?‘?ﬂ”%faﬁ'&nal i therpretesiedreathogineentothe mad@ateaind f or
synchroni zati on 1215 and conveyed to a digital-to-anal og converter to
reproduce 192ef RigNahisItexnsaiittadtt 150 ds infrareidrlightsreated hyhactiViaghg ianad sanpl es
are invalid 1195 or unrecoverable 1200, the invalid or unrecoverable

frames and deijctivating adightemitfingdiede o6 ré;dl‘aiedﬁ@infrbi&ﬂi%ﬁi@tlﬁ@tnﬁ%faﬁere”“t ed
1205. Soft nuting 1205 applies a Hanning window to the invalid or 20

unr ecoves ablfelightaensitioé diddeirecsioss $EBIRSNPAEd light E@ \Aféﬂsatﬁgr?ﬁfr grect

frames to weight the adjacent correct franmes to slo brlng nul | the
reproduced grltoglecticanmpulddy thaPhidBdhabe Sndaniifiey | ffe Fldifla hat oceurs
an

if only the invalid or unrecoverable frame is nmut ted in

appl i cati onmoAdlaidd Edrher§l ﬁal[%'Féd?ﬂ b on 1160
of the nodul ated carri er85| gnal , ef] d’?‘%g%/ﬁ%('g‘b ?ween ﬁg'%gwgzﬁﬁency of
t he eval uat ¢4HiePSighél Bdetdtmine a position to lock onto to capture the modulated

carrier signal. The timing preamble is tested to find the correct lock position to

10 correctly retrieve the timing preamble, the start flag signal sensed, and the frame

of the groups of interleaved digitized samples are recovered.

The recovered modulated groups of the interleaved digitized samples are
demodulated 1160 to recover raw non-return to zero encoding of the digitized

15 samples.

The frames of the digitized samples are stored 1170 in a buffer as
described in Fig. 8. The most significant bytes of the even designated digitized
samples and the most significant bytes of the odd designated digitized samples

20 and their respective ECC codewords have an ECC check and correction 1175
performed to find and repair any errors to the digitized sample's within a frame.
The ECC check ahd correction 1175 is the known Reed-Solomon method as

described above.
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oversanpling clock and the carrier signal is tracked to determne 5
synchroni zation. The jitter tracking 1210 is tested 1215 to ensure there;iz)3
no overrun or underrun of the nunber of sanples. If there is an overrun or
underruh, the frames of digital data are decimated or interpolated to
synchroni ze 1220 the digitized sanples before they are converted 1225 to
reproduce the analog signals. The decinmated or interpolated digitized
sanples insure that 1o there are the correct nunber of digitized sanples in
each frane. Wiile this invention has been particularly shown and descri bed
with reference to t?ﬁﬁgéeferrﬁd enmbodi nents thereof, it will be understood

by those skilledW/® RHPS PhEEst significant bitasd dhe avenndesigmatedeor adis nay
be made without 15 departing fromthe spirit and scope of the invention. 48
11 FEB 2003 dssignates digitizechsamplea taatganant be eonentediareidentjfisdatn Heor
transmtting and receiving digitized sanples of anal og signals conprising:
a transni ssirgpowsiied §38%by coneating the errem Thet gronps ars gsted PO ELhAWRG
receiving said digitized sanples fromthe external signal source,
generatimg erravs. Hdmerearé emors tesdibitized @hmpfbisaiith &rPsts SHARhE SdfeRent

| digitized samples that are error-free are examined and an estimate of the

digitized sample in error is generated by linearly interpolating between the

adjacent digitized samples that are error-free.

10 The corrected or recovered digitized samples are then stored 1190 in the
buffer in the location containing errors. Any unrecoverable errors are identified

for soft muting.

The frames of the digitized samples are checked 1195 for invalid data,

15 unrecoverable errors 1200, and for synchronization 1215 and conveyed to a
digital-to-analog converter to reproduce 12256 the analog signal. If the frames of
the digitized samples are invalid 1195 or unrecoverable 4200, the invalid or
unrecoverable frames and adjacent correct frames of the digitized data are soft
muted 1205. Soft muting 1205 applies a Hanning window to the invalid. or

20 unrecoverable frames of digitized samples and to the adjacent correct frames to
weight the adjacent correct frames to slowly bring to null the reproduced analog
signal. This eliminates an annoying effect that occurs if only the invalid or

unrecoverable frame is muted in an audio application.
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allow correction of errors in said fixed digitized sanples during 003
transmtting of said digitized sanples, formatting said digitized sah'ﬂ)IFe@ Z
into groups of interleaved digitized sanples, appending the error
correction codes, a preanble timng signal and a start signal to said
group of interleaved digitized sanples to forma transmt frane,

nodul ating a carrier signal with said transmt franme and transmtting as a
short burst said nodul ated carrier signal; a conmunication nmedi um connect ed
to the transm ssion subsystemto transfer said nodul ated carrier signal;
and a receiving subsystem connected to the conmmuni cati on medi um for

recei ving sai d rydingthedeeqvery $155anmhd¢modidatiatu 80 ofithe matiulatedul at ed
carrier signal to recover said transmt frane, extracting the group of

i nt er | eavectadiigs signaldtheaifitrencaibetwekn ties froquenty of thd evalustivasoiftsiMhsai d
transmt franme, checking and correcting said group of interleaved
digitized soverdarspling clock/and theaiattied sigtal @ tradkb@hd gareminedi gi ti zed sanpl es
are uncorrectable, interpolating fromadjacent interleaved digitized

sanpl es san gyathiomizfion 2 MRk Sittdedratki | gl j,ged sanples
to conceal ?ﬁy effect of sgii d é&%&i@‘ll:iggx%g%%aﬁ?\gg??ﬁ%tarﬁéﬁéc{lgé% blézed

sanpl es, Svabg{Ethr%d@HMn%?t n%é}'&f'sgr%gles.smégésist a(%vee ut%oor}gt conceal abl e

or unrecoverable, and transfterring the digitiz sanpl es
di gi tal - t O-aRhM, FRMRAELES digital data are decimated or interpolated to synchronize
1220 the digitized samples before they are converted 1225 to reproduce the

analog signals. The decimated or interpolated digitized samples insure that

10 there are the correct number of digitized samples in each frame.

While this invention has been particularly shown and described with
reference to the preferred embodiments thereof, it will be understood by those
skilled in the art that various changes in form and details may be made without

15 departing from the spirit and scope of the invention.
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for restoration of said analog signal. 5 10 is 20 2. The connunlpatlo, “TéﬁZw%

system of claim1 wherein said transm ssion subsystemconprises: a s

data receiver to receive said digitized sanpl es of the analog signals from

thé external source of the digitized sanples anal og signals; a data buffer

toretain a-plurality of the digitized sanples analog signals, a data

buf fer controllerg gagnected to the data buffer to control the placenent
itized sanples of the anal og signals

and renoval .of the,. rality.of. di € -
M thin the data BTBE commubicaien shleELier bAngBiltinopsWeeaeivingatigitized ed to t he
data buffer control | er to receive nultiple digitized sanples of the anal og
signal s through S&MRle§4f gnalggsignalseampiising: fr om sai d data buffer, to
generate an error correction word to be appended to sai d multiple
di giti zed sanpl es FhEansgnissiemaulzsystaml conneotaditorart dxernl $ignalsoufdedfor i zed
sanpl es of the analog signals with the appended error correction word
through the data buf frecevingtsaid tigitized safplebaram e éx@érinaPSignal source,
5 generating error correction codes for said digitized samples to
allow correction of errors in said fixed digitized samples during
transmitting of said digitized samples, formatting said digitized
samples into groups of interleaved digitized samples, appending
the error correction codes, a preamble timing signal and a start
10 signal to said group of interleaved digitized samples to form a
transmit frame, modulating a carrier signal with said transmit frame
and transmitting as a short burst said modulated carrier signal;
a communication medium connected to the transmission subsystem to
transfer said modulated carrier signal; and
15 a receiving subsystem connected to the communication medium for
receiving said modulated carrier signal, demodulating said
modulated carrier signal to recover said transmit frame, extracting
the group of interleaved digitized samples and the error correction
codes from said transmit frame, checking and correcting said group
20 of interleaved digitized samples, if any of said group of interleaved
digitized samples are uncorrectable, interpolating from adjacent

interleaved digitized samples an estimated sample value of those

uncorrectable digitized samples to conceal any effect of said
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11 FEB 2003 a frane formatter connected to the data buffer controll

recei ve an

interleaved group of the nultiple digitized sanples of the

anal og signals and append a preanble timng signal and a start signal
before said interleaved group of the multiple digitized sanples of 5 the
anal og signals to forma transmt frame;. a pul se position nodul ator
connected to the frame formatter to receive the transmt franme and

nodul ate according to a bit value of the transmt frame a pul se position
within a carrier si gnancqm‘«'ﬁ?ql%élg'ttz'eaﬁ@mp!e& pefheuting @ny ©f thebdigitized
transmtter connected between the pul se position nodulator and the
comuni cation nedi um $YNeIgAkSL age noticAngealablecruneecoverapie ard sai d

comuni cati on nedi um whereby said nodul ated carrier signal is transmtted

as the short burst w transieringitbe digitized sapwpiesad o digitairtordraogdesrvaltet i ty of
interference on said is communi cation nedium 20 3. The conmuni cati on
system of claim 2 whefoebgstoratioh ofissiiighalogrsigraiibsyst em converts said
digitized sanples sanpled at a plurality of sanpling rates to digitized
sanpl es sanpled at a fixed rate, whereby said digitized sanples of the
anal og signals are digitized neasurenments of an analog signal sanpled at

one of a pl @ al i The dorAtbatish Syt of Bt et SiABEM Bandfissighsyst em i s

further conprising a variable sanpling rat

10

15

subsystem comprises:

a sampled data receiver to receive said digitized samples of the
analog signals from the extemnal source of the digitized samples
analog signals;

a data buffer to retain a plurality of the digitized samples analog
signals,

a data buffer controller connected to the data buffer to control the
placement and removal of the plurality of digitized sarﬁples of the
analog signals within the data buffer:

an error correction code generator connected to the data buffer
controller to receive multiple digitized samples of the analog
signals through said data buffer controller from said data buffer, to
generate an error correction word to be appended to said muitiple
digitized samples analog signals, and to return the multiple
digitized samples of the analog signals with the appended error

correction word through the data buffer controller to the data buffer:

50
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converter connected to said sanpled data receiver to convert the digitized
51 11 FEB 2003 sanples of the analog signals at the one rate of the 11 C8 03
plyrality of sanpling rates to digitized sanples of the anal og signals
sanpled at a fixed rate , 4. The comunication systemof claim1l wherein
the receiving subsystem 5 conprises: a receiver connected to the

comuni cation nediumto recover said nodulated carrier signal and extract

a nodul ated transm : | At onnecijed to said receiver to
denpodul ate the mduélg%@gwggg%mggq@ﬁh%%ﬁ@c CPRiEoHer i Eareivefarane and
10 extract the groups; I_nterl eav nultiple digitized sanples of the

anal og signals with twgér!a‘?ﬁﬁ%ﬁg@d'p ﬂ?)ermé'gﬁpf%é'gitt?ﬁd@@m@!esaofﬂb@ahaleg dat a
buffer to retain the %roWE of interleaved nultiple digitized sanples of
the anal og signal s wi YA"?R&ENY FpReREE Peearable timing eignaband:adtsrt signal T ecei ved
data buffer controller connected to the denodul ator and the received data
buffer to control traPRfPe said Interieayed gpoupf ofi the enultiple eititizod sanipies e gi ti zed
sanpl es of the anal og signals with the appended error correction code from
the denpo8ul ator to t HBeraBalogsighalmtodforrh aftfarsmiP®ame; error check and
correction circuit connected to the received data buffer controller to
recei ve one group @PU$RPeailiar poauldiogiconmexted to the frame formatter to receive

the transmit frame and modulate according to a bit value of the

transmit frame a pulse position within a carrier signal with the

transmit frame; and

0 a burst transmitter connected between the pulse position modulator
and the communication medium to convey a modulated carrier
signal to said communication medium, whereby said modulated
carrier signal is transmitted as the short burst within a short time
period to minimize probability of interference on said

15 communication medium.

3. The communication system of claim 2 whereby the transmission
subsystem converts said digitized samples sampled at a plurality of
sampling rates to digitized samples sampled at a fixed rate, whereby said

20 | digitized samples of the analog signals are digitized measurements of an
analog signal sampled at one of a plurality of sampling rates and the
transmission subsystem is further comprising a variable sampling rate

converter connected to said sampled data receiver to convert the digitized
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sanpl es of the analog signals with the appended error correction code, to
check and correct errors in said one of the multiple 52 digitized sapul esg 2003
anal og signals, to replace the corrected one group of the nmultiple

digitized sanples of the analog signals to the received data buffer, and

to identify any non-correctable group of the nmultiple digitized sanples
anal og signals; 5 a block recovery circuit connected to the received data

buffer controll [ n-correctable group of the multiple
digitized sanpl egé'g @Fﬁ’ﬁ‘fﬁeﬁ%ﬁéﬁé g?éﬂgﬁgﬁ}e&%@&aﬁ SRIIpl of sampling d
non-correctabl e grou f.the nultiple digitized sanples anal og signals; 10
a soft muting ci ‘%ég? F) @gﬂﬁ%ci?@ﬂpl?ﬁof Freleg vignalg semping st fixesirate) | er to
access those nmultiple digitized sanples of the analog signals with
non-recoverabl e and non-conceal abl e errors and those of the multiple
digitized sanples of the analog signals that are correct and adjacent to
the mul tipl 4 di g¥ b ce@mmipinglien systemiet clainlogheregriabsecdigingistbsystem
non-correctable and non-conceal able errors, to apply a snoothing function
to said ¥l tipl ec@ngiig€szed sanpl es of the analog signals to bring those of
the multiple digitized sanples of the analog signals with the
non- correct abl e an@ receivercsoneattat tether commuhieatiornmeliurlorecovd? said i tter
tracking circuit to conpare the a block transm ssion signal wth
modulated carrier signal and extract a modulated transmit frame;
a demodulator connected to said receiver to demodulate the
modulated transmit frame and recover the transmit frame and
10 extract the groups of interleaved multiple digitized samples of the
analog signals with the appended error correction code:
a received data buffer to retain the group of interleaved multiple
digitized samples of the analog signals with the appended error
correction code;
15 . areceived data buffer controller connected to the demodulator and the
received data buffer to control transfer of the group of interleaved
multiple digitized samples of the analog signals with the appended
error correction code from the demodulator to the received data
buffer;
20 an error check and correction circuit connected to the received data

buffer controller to receive one group of the multiple digitized

samples of the analog signals with the appended error correction

code, to check and correct errors in said one of the multiple
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a clock signal of said receiver subsystemto determ ne overrun and
underrun of the contents of the group of interleaved nmultiple d|g|t|ze
sanpl es,of the analog signals with the appended error 53 11 FEB_2003 5l
10 15 correction code, whereby said block transm ssion timng signal

i ndi cates a boundary of said group of the nultiple digitized sanples
anal og signals; an interpolation and decimation circuit connected to the

j i [ ler to

itter tracking circudiditiz2% ].,.{g.,(gﬁ t control

Jgener ate or elimnate dcglll git |az sarrp ggng@ %erg%% gqfr th?e%zzf\ttegfs o

i nderrun o

Lhe Coroup of 1ot ort ootdun e R RbIG R0 sBmole T 4ie Hrlve sicneimim the. and an
inter]gacepci rcuit con (‘éte ag B'tﬁ rec i ved data buffer controller to
translate the di gitizg%c é&ﬁrﬁ A oyfen HB éﬁmkﬂeatjfyangmns:orr@c@bleagmfof o
accept abl e by subsequ 5. The comuni cation systemof c

wherein the anal og si B'Wamg' 'B're '9'H¥%q papBlgs anglopdignalt ed to formthe

s hay a non-return to zero encoding.
digiti zed sanpl e bfocg recovery circuit connected to the received data buffer

controller to interpolate the non-correctable group of the multiple
digitized samples of the analog signals to conceal an effect of said
non-correctable group of the multiple digitized samples analog
signals; |
10 a soft muting circuit connected to the received data buffer controller to
access those multiple digitized samples of the anélog signals with
non-recoverable and non-concealable errors and those of the
multiple digitized samples of the analog signals that are correct
and adjacent to the muitiple digitized samples of the analog signals
15 with non-correctable and non-concealable errors, to apply a
smoothing function to said multiple digitized samples of the analog
signals to bring those of the multiple digitized samples of the
analog signals with the non-correctable and non-concealable error
to a null value;
20 a jitter tracking circuit to compare the a block transmission signal with
a clock signal of said receiver subsystem to~ determine overrun and
underrun of the contents of the group of interleaved multiple

digitized samples of the analog signals with the appended error
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6. The communi cation systemof claim1 wherein the communication nediumis,
selected fromthe communi cati on nedia consisting of wwred nedia and TFLE 2003
wirel ess media. 20 7. The communi cation systemof claim1 wherein the

modul ated carrier signal is transmtted as light. 54 8. The conmmuni cation
systemof claim1l wherein the nodul ated carrier signal is transmtted as a
radi o frequency signal. 5 9. The communi cation systemof claim1l wherein

the wired nedia conprj .coaxi.al cable, fiber optic cable, and two wire
audi o cabl . 10. The & tRP&&P?o‘N“%’ﬁéY éﬂ'ﬂ&?o%lt@nﬁmsmh@m sigral
transm ssion subsyst_egmfurt her converts the anal og signals to digitized
sanpl es. The communi c'REICEIESS Bpundasy otsaid grop oftke multiplendigitizeds i ssi on
subsystemis further conprising at |east one analog-to-digital converter
connect ed between t heS¥nRies Aaplogaignals;and the data buffer controller to
receive the anal og signals and to generate the digitized sanples of the
anal og signal s. 15 amanteTpplatiomand decitiation siyatitttonobctelad thel jittdraraekingt he
digitized sanples are sanpled at one of a plurality of sanpling rates. 20
5 circuit and the received data buffer controller to generate or
eliminate digitized samples of the analog signals if the jitter
tracking circuit indicates overrun or underrun of the contents of the
group of interleaved multiple digitized samples analog signals; and
an interface circuit connected to the received data buffer controller to
10 translate the digitized samples of the analog signals to a format

acceptable by subsequent circuitry.

5. The communication system of claim 1 wherein the analog signals are
digitized and formatted to form the digitized samples having a non-return

15 to zero encoding.
6. The communication system of claim 1 wherein the communication
medium is selected from the communication media consisting of wired

media and wireless media.

7. The communication system of claim 1 wherein the modulated carrier

signal is transmitted as light.
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13. The communi cation systemof claim 12 wherein the plurality of sanpling
rates conprise 32 kHz, 44.1 kHz,

comunication systemof claim3 wherein the fixed sanpling rate is
selected froma group of sanpling rates consisting of 48 kHz and 44.1 kHz.

5 15. The comuni cation systemof claim1 wherein the error correction code
is a forward error correction code using a Reed Sol onon encoding. 16. The

icati - ajem. 15 in th ti d d
has a data B ook o2 BB Sy e Bl Wofeitineed iaied cagiero par ity

bytes. 15 20 17.

i nterl eaved grou

of least signifi
group of multipl

plurality of- errbhe commimigatan spstemtof claimeswherejn iheakirdymedial eiidrise
significant bytes of the odd designated digitized sanples,
nmost si ghi fi cant cegMidisable, fiber apdit cables aod ave dirdi gidid Zasle sanpl es, a second

RESTHIIEC g5 &

3'535' iggrmum cation %Yqj‘;rem of claim1l wherein the

T 1.

and 48 kHz. 55 11 FEB 2003 14. The!l!.

Paray]
i}

¢ Lo

eAuUREGY $igRdl.es conprises a plurality

cant bytes of the even designated digitized sanples of the
e digitized sanples, a plurality of nost significant of
the even designated digitized sanples, a first conmmand byte, a first

command byte, and a second plurality of error correction parity bytes.

10.

10 11.

15

12.

13,

The communication system of claim 1 wherein the transmission

subsystem further converts the analog signals to digitized samples.

The communication system of claim 10 wherein the transmission
subsystem is further comprising at least one analog-to-digital converter
connected between the external source and the data buffer controller to

receive the analog signals and to generate the digitized samples of the

analog signals.

The communication system of claim 1 wherein the digitized samples are

sampled at one of a plurality of sampling rates.

The communication system of claim 12 wherein the plurality of sampling

rates comprise 32 kHz, 44.1 kHz, and 48 kHz.
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18. The communi cation systemof claim1l wherein said carrier signal §s% FEQ 2003
nodul ated wth a pul se positioned nodul ati on whereby said pul se 56 ° g
positioned nodul ation is positioning of a pulse of said carrier signal

within a period of said carrier signal according to a binary value of a
plurality of bits within said transmt franme. 5 19. The communi cati on
systemof claim 18 wherein said plurality of bits is a pair of bits within

said transmgt, fr . The co nication stem of claim 19 wherein
the digitized sanp eCé’il‘g‘r’%rﬁ‘:ﬁa%H%Q’P&?ﬁgﬁb@b?@"&ﬁ{%&ﬁﬁgﬁmpﬂngmis
conmmuni cati on syst&%} cc){f claim?2 erein said burst transmtter conprises
an infrared |ighC&MTETHY 2ArBUROLIAMRING rates copsisting atd&kidzand connect ed
bet ween the pul se posjtion nodulator and the infrared light emtting diode
to activate and #8atiZvate said infrared light emtting diode wth the
nodul ated carrier signal. 22. The communication system of claim4 wherein
the receiver conprises a |ight sensitive diode that receives |ight
radiated fromthe infrared light emtting diode. 20 23. The communi cati on
system of cl1& m Fhaicomemunication systetudfatiaim Hetmerdin tieasrdrivorreaton asdsliscarri er
signal by oversanpling said

' a forward error correction code using a Reed Solomon encoding.

16.  The communication system of claim 15 wherein the error correction code
word has a data block size of 238 bytes and one contro! byte and 16

10 parity bytes.

17.  The communication system of claim 1 wherein the interleaved group of
the multiple digitized samples comprises a plurality of least significant
bytes of the even designated digitized samples of the group of rﬁultiple

5 digitized sampies, a plurality of most significant of the even designated
digitized samples, a first command byte, a first plur. .y of error correction
parity bytes, a plurality of least significant bytes of the odd designated
digitized samples, a plurality of most significant bytes of the odd

. designated digitized samples, a second command byte, and a second

20 plurality of error correction parity bytes.

18.  The communication system of claim 1 wherein said carrier signal is

modulated with a pulse positioned modulation whereby said pulse
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57 11 FEB 2003 nodul ated carrier signal to determ ne an eval uati on poi nt of
said nodulated carrier signal to recover said transmt frane. 24. Fhei; = sy
conmmuni eation system of claim4 wherein the denpodul ator circuit 5 det ects
the preanble timng signal and the start signal to indicate a |ocation of
the interleaved group of the nultiple digitized sanples of the anal og
signals within the transmt frame. 10 25. The comruni cati on system of claim

fon- cor rect abl 6 Sransh oy HEaHleRbn FbdsiiGir B Bybe B S BBt il dibinog

s b t t .. t digit d npl f th I
i gnal 5 1o eati maeotodd s BRI oiGRH GBCiralnaaia ety Ak P HEAIEY 9F oup of
the nmultiple digi Rtk%ﬁtﬂu %rr&h @ﬁ@ﬁ" ﬁT%nSI gnals. is 26. 20 The communication

system of cl ai m wher el g function applies a Hanning w ndow
to those of the multiple digitized sanples of the analog signals with
non-recoverabl e and non-conceal able errors and those of the multiple
digitized s Iesr of the analog signals that are correct and adjacent to
t hose of St hg%l t hﬁl%’”ﬁ?@'%“ﬁ@@%@ﬁ%ﬁe@alﬁﬂ& whereimsaid plwalityalf bitsiig &
non-recover abl e and non conceal able errors to snoothly decrease those of
the multiple di gPRIrPbBtswihinsaidiransmeit frameog

20.  The communication system of claim 19 wherein the digitized samples are
a non-return to zero encoding.
10
21.  The communication system of claim 2 wherein said burst transmitter
comprises an infrared light emitting diode and a diode switching circuit
connected between the pulse position modulator and the infrared light
emitting diode to activate and deactivate said infrared light emitting diode

15 with the modulated carrier signal.
22.  The communication system of claim 4 wherein the receiver comprises a
light sensitive diode that receives light radiated from the infrared light

emitting diode.

23.  The communication system of claim 4 wherein the demodulator

demodulates the modulated carrier signal by oversampling said
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signals that are correct and adjacent to those of the nultiple digitigngﬁﬁgwa
11 FEB 2003 5 sanples of the analog signals with non-recoverable and’ e
non-conceal able errors to allow a gentle nuting. 27. The comruni cation
system of claim4 wherein the soft nmuting circuit, upon bringing nmultiple
digitized sanples of the analog signals wth non- recoverable and
non-conceal able errors to a null value, further sets subsequent nmultiple

di gi i zed_SaNpl GRodlialbleaRid|shhat I80bAHE oA U4l roY BLIE PLEYEN | NG

repetitive interference on said conmuni cation s 20 A system

for transmttin YA hpitized sampl es .of the anal og signals on
a communi cat i ongnng(gﬁ%t%?%\%{lyﬁlrggq?%'%’[éﬁcﬂ\’?{gsaf%ﬁ"f@{rﬂ?‘esai d digitized
sanpl es anal og signals, conprising: a transm ssion subsystem connect ed
bet ween an external source of the digitized sanples of the anal og signals

and the co nication mediumconprising: a sanpled data receiver to
recei ve sai4fdi ;ﬁlel ?@“%’Hﬁ%tf%syﬁ@m Hzclawh&M@@n%ﬂgmﬂﬁ@lﬁtqrmcum er nal

source of the did%itized sanpl es anal og signal s,
5

tects the preamble timing signal and the start signal to indicate a
location of the interleaved group of the multiple digitized samples of the

analog signals within the transmit frame.

25.  The communication system of claim 4 wherein the block recovery circuit
10 | conceals the effect of said non-correctable group of the muitiple digitized
samples of the analog signals by interpolating adjacent correct digitized
samples of the analog signals to estimate a correct magnitude for said

non-correctable group of the multiple digitized samples analog signals.

15 26.  The communication system of claim 4 wherein the smoothing function
applies a Hanning window to those of the multiple digitized samples of the
analog signals with non-recoverable and non-concealable errors and
those of the multiple digitized samples of the analog signals that are
correct and adjacent to those of the multiple digitized samples of the

20 analog signals with non-recoverable and non-concealable errors to
smoothly decrease those of the multiple digitized samples of the analog

signals that are correct and adjacent to those of the multiple digitized
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a data buffer to retain a plurality of the digitized sanpl es anal og o
signals, a data buffer controller connected to the data buffer to contlr bEB 2003
t he placement and renoval of the plurality of digitized sanples of the
anal og signals within the data buffer, 59 11 FEB 2003 5 10 Is 20 an error
correction code generator connected to the data buffer <controller to

receive multiple digitized sanples of the analog signals through said data

buffer controlle ' ta . buffer, to generate an error correction
word to be appené%@biqyo&&%d?ﬂ sioppls Vﬂﬁb‘?‘iﬂ‘%&@@ﬁ’iﬁ@@mm@:@iml s, and
to return the ltiple digitized sanples of the analog signals wth the
appended error E%Fr%’resgoi%'ﬁw%ﬁ%f‘ztﬁff'ﬂwg the data buffer controller to the
data buffer, a frane formatter connected to the data buffer controller to

receive an interleaved group of the nultiple digitized sanples of the

anal og signglLs and append.a preanble timng signal and a start signal
bef ore sai d%nt e?ﬂgg@&@t@qﬁygn system of claim 4 wherein the soft muting circuit,

5 uptn bringing multiple digitized samples of the analog signals with non-
recoverable and non-concealable errors to a null value, further sets
subsequent multiple digitized samples of the analog signals to a null

value preventing repetitive interference on said communication medium.

1o 28.  Asystem for transmitting and receiving digitized sarﬁples of the analog
signals on a communication medium, while maintaining fidelity of said
digitized samples analog signals, comprising:

a transmission subsystem connected between an external source of
the digitized samples of the analog signals and the commﬁnication
15 medium comprising:

a sampled data recéiver to receive said digitized samples of the
analog signals from the external source of the digitized
samples analog signals,

a data buffer to retain a plurality of the digitized samples analog

20 signals,

a data buffer controller connected to the data buffer to control

the placement and removal of the plurality of digitized

samples of the analog signals within the data buffer,
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ltiple.digitized sanples of the analog signals to forma trag§p11”
?iahg? gupulge pos?tion nDdurgtor connected to the frame formatter tlol ¥ L 2003
receive the transmt franme and to nodul ate according bit values of the
transmit frame a pul se position of a carrier signal, and a burst
transmtter connected between the pulse position nodulator and the
comuni cation nediumto convey a nodulated carrier signal to said

comuni cati on nedi um d nodul ated carrier signal is transmtte
as a 60 11 FEB 2003 burgs\?%&??{".”f?%ﬁg% ﬁ%ﬁgft‘ gFﬁ‘?Fét%ePF%Ptg%tQﬁhﬁudata bufferer
robability of interferenc n said communi cati on nediun a receiv
gubsyst em Zonnect ed bet vveg?ﬁfq(i'@r E%'r?ﬁﬁ'ﬂ?é‘éﬂ"'@ﬁ.%@ﬁﬁﬂﬁmes af the analog
digital -to-anal og converter for recoveri ngz said digitized sanples 5 anal og
signal's, comprising: a ret@nJ&throygah saddpta suffercantivieniroasaidatadi um to
recover said modul ated carrier signal and extract a nodulated transmit
frame, a denodul ator connbéfesdtorgenesate anearedncerecticrewort fodiecapgehdedO
nmodul ated transmit frane and recover the transnmt frame and extract the
groups & interleaved nult9§siemyitiple digiited samples analog signals, and to
return the multiple digitized samples of the analog signals
with the appended error correction word through the data
buffer controller to the data buffer,
a frame formatter connected to the data buffer controller to
10 receive an interleaved group of the multiple digitized
samples of the analog signals and append a preamble
timing signal and a start signal before said interleaved group
of the multiple digitized samples of the analog signals to
form a transmit frame,
15 a pulse position modulator connected to the frame formatter to
receive the transmit frame and to modulate aécording bit
values of the transmit frame a puise position of a carrier
signal, and
a burst transmitter connected between the pulse position
20 modulator and the communication medium to convey a

modulated carrier signal to said communication medium,

whereby said modulated carrier signal is transmitted as a
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anpl es of the analog signals with the appended error correction code,;a: 5
?eggived dat a buffergto ?etain the group of interleaved multiple 15 ! 1.
diditizéd sanples of the analog signals with the appended error correction
code, a received data buffer controller connected to the denpdul ator and
the received data buffer to control transfer of the group of interleaved
multiple digitized sanples of the analog 20 signals with the appended error

correction code fromthe h!llesmdthiiraa(shottMMdmrroGQGinMﬁﬂwiQ@b?oﬂé%flftfPf an error
check and correction circuit connected to the received data buffer

controller to receive one igtedafenet dnhaidbrhmdhRafidn kgl 2003 5 10 15 20
digitized sanples of the analog signals with the appended error correction

code, to check aademivefresm:bsmémrc@nhgctggbgtwéyﬁqhggoﬁ%rﬁggﬁbh% dlg@gé’{%lzed I
sanpl es.anal og signals, to replace the corrected one group o e tiple

digitized sanpl es adigitdl4oaRalogeonvERéH fér fedobBithg A8 WififLedpi el fer
5 analog signals, comprising:

a receiver connected to the communication medium to recover
said modulated carrier signal and extract a modulated
transmit frame,

a demodulator connected to said receive to demodulate the

10 modulated transmit frame and recover the transmit frame
and extract the groups of interleaved muitiple digitized

samples of the analog signals with the appended error

correction code,
a received data buffer to retain the group of interleaved multiple
15 digitized samples of the analog signals with the appended
error correction code,

a received data buffer controller connected to the demodulator
and the received data buffer to control transfer of the group
of interleaved multiple digitized samples of the analog

20 signais with the appended error correction code from the
.demodulator to the received data buffer,
an error check and correction circuit connected to the received

data buffer controller to receive one group of the multiple
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and to identify any non-correctable group of the nultiple digitized
sanpl es anal og signals, a block recovery circuit connected to the regquﬁgzma
data buffer controller to interpolate the non-correctable group of the '
nul tiple digitized sanples of the analog signals to conceal an effect of
sai d non-correctable group of the nultiple digitized sanples anal og

signals. a soft muting circuit connected to the received data buffer

controller to access those;of. ltiple digiti.zed s es of the anal og
signals wi th non-recover agq'@{"?a\%a;g?{gﬁ-eg 8@%8@;93 ség%ﬂ? Wagpt P @rpeRyded of dt he
mul tiple digitized sanples of the.analog signals that are correct an

adj acent to the nultipl e YiLIeEPrLCads: tachackangd corgrber reisgnanis with
non-correctabl e and non-conceal able errors, to apPI y a snoothing function
to said nultiple digitized® 'P%ﬁ‘“BfP'Qﬁ'@'t'zﬁﬁéﬁw%iwgss@ozlbrhmg those of
the multiple digitized sanples of the analog signals with the
non-correctabl e and non- dBREEa thrTastedene grospiithe maltipe digitizéd FEB 2003

5 10 15
5 samples of the analog signals to the received data buffer,

and to identify any non-correctable group of the multiple
digitized samples analog signals,
a block récovery circuit connected to the received data buffer
controller to interpolate the non-correctable group of the
10 rhultiple digitized samples of the analog signals to conceal
an effect of said -non-correctable group of the multiple
digitized samples analog signals.
a soft muting circuit connected to the received data buffer
controller to access those of the multiple digitized s.amples
15 of the analog signals with non-recoverable and non-
concealable errors and those of the multiple digitized
samples of the analog signals that are correct and adjacent
to the multiple digitized samples of the analog signals with
non-correctable and non-concealable errors, to apply a
20 smoothing function to said multiple digitized samples of the
analog signals _to bring those of the multiple digitized
| samples of the analog signals with the non-correctable and

non-concealable error to a null value,
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a jitter tracking circuit to conpare a block transm ssion timng Sh%nghRQWB
with a clock signal of said receiver subsystemto determne overrun ‘and”
underrum of the contents of the group of interleaved multiple digitized
sanpl es of the analog signals wth the appended error correction code,
whereby said block transm ssion timng signal indicates a boundary

bet ween groups of interleaved multiple digitized sanples of the anal og

signals with the appendegjtef [r@ékiﬁﬁ%fr&ﬁfﬂo%nfb%ﬂj@a b%&itgqtqesr ?sltigrg'olr}'tgﬁgd

decimation circuit connected to t Jitter track:_n oate digitized saml es
of the anal og s gnals 11 TRe it cBER SR oo TeeP e ihbaRE over  un or
o e anal og . over
' ltiple digitized

sanpl cs anal og si gnal s, - andPtoinepPutand lbiei dhHncerieats ¢ thaerewof ved

f : l [.gi.ti I of the analo
i gnal's to a format acceptduIE epeclimulfiectidhiesd Sembies of b arvkeg sy ot om o
cl ai m 28 whereby said digit.ized les of the anal og zo signals are
digiti zed neasurenents of séépaj‘ﬁﬁ’ﬁﬁ@)%?%deg%ré@”&ﬁflqméodﬁ whareliyur al i ty

of sanpling rates and further conprising a variable sampling rate
conve?}t)er gonnect ed to saist?'iBlﬁﬁgg'anﬂ'ﬁls&mﬂétﬂéngélgnablndthSra bouredargi gi ti zed

f the anal og signals at the one rate of the plurality of 63
sanpl es o J J etween groups of interleaved multiple digitized samples of

the analog signals with the appended error correction code,
an interpolation and decimation circuit connected to the jitter

10 | tracking circuit and the received data buffer controller to
generate or eliminate digitized samples of the analog
signals if the jitter tracking circuit indicates overrun or
underrun of the contents of the group of interleaved multiple
digitized samples analog signals, and |

15 an interface circuit connected to the received data buffer
controlier to translate the digitized samples of the analog

signals to a format acceptable by subsequent circuitry.

29.  The system of claim 28 whereby said digitized samples of the analog
20 signals are digitized measurements of an analog signal sampled at one of
a plurality of sampling rates and further comprising a variable sampling
rate converter connected to said sampled data receiver to convert the

digitized samples of the-analog signals at the one rate of the plurality of
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11 FEB 2003 sanpling rates to digitized sanples of the analog signalq rgp 2003
sanpled at a fixed rate. 5 30. The system of claim 28 wherein the

digitized sanples of the analog signals are audio signals digitized and
formatted in a non-return to zero encoding. 31. The system of claim 28
wherein the communi cation nediumis selected fromthe conmmunication nedia
consisting of wired nedia and wireless 10 nedia. 32. The system of claim

28 wherein the nodul gﬁvgd carrier signal is transmtted as light. is 33.
The system of cl 3PP (Ates 19 Jigitired sarppies otthernalag:sigealgaaiplédat 4 r ansmi t t ed
as a radio frequgg%/ signal. 34. The systemof claim 31 wherein the wired

medi a conprise ¢ EMecabl e, fiber optic cable, and two wire audi o cabl e.
20 35. The system of claim 28 wherein the transm ssion subsystemis further
conprising at |east one analog-to-digital converter connected between 64 11
FEB 2003 the external source and the data buffer controller to receive the
anal og 30.  The system of claim 28 wherein the digitized samples of the analog

5 signals are audio signals digitized and formatted in a non-return to zero

encoding.

31.  The system of claim 28 wherein the communication medium is selected
from the communication media consisting of wired media and wireless

10 media.

32.  The system of claim 28 wherein the modulated carrier signal is

transmitted as light.

15 33. The system of claim 28 wherein the modulated carrier signal is

transmitted as a radio frequency signal.

34.  The system of claim 31 wherein the wired media comprise coaxial cable

fiber optic cable, and two wire audio cable.

35. The system of claim 28 wherein the transmiésion subsystem is further

comprising at least one analog-to-digital converter connected between
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signals and to generate the digitized sanples anal og signals. 36. The
system of claim29 wherein the plurality of sanpled rates of 32 kHz, 151 FES 2003
44.1 kHz, and 48 kHz. 37. The systemof claim 29 wherein the fixed rate is

48 kHz. '38. The system of claim?29 wherein the fixed rate is 44.1 kHz. 10

39. The system of claim 28 wherein the error correction code generator
generates the error correction word, which is a forward error correction

code word generated using a Reed- Sol onon encoder circuit. is 40. The system

of clai m 28 wher thenextermabsowce and thdatarbulfodeorivolier idasceive Baiahbiagk size of
238 bytes and one control byte and 16 parity bytes. 41. The system of claim

28 wherein the i sigealsenddd genetite te digrized bamples andiogi digmtd sanpl es of the
anal og signals conprises of a plurality of |east 20 significant bytes of
the even designated digitized sanples of the analog signals of the group
of multiple digitized sanples analog signals, a plurality of npst

si gni ficant 3ef t ifRe eyStEESFUIAMBL AN %ﬁgf@@%&ﬁ:g{eﬁ%le&%ﬁ% S, a

first conmand byte, a first plurality of correction 65 parity bytes,
a pluralkty of |ga3tkHd @Rbfagq@t bytes of the odd designated digitized
sanpl es anal og signals, a plurality of nost significant bytes of the odd
designated digitized sanples anal og signals, a second conmand byte, and a
second plurality of error correction parity bytes. 5

37.  The system of claim 29 wheréin the fixed rate is 48 kHz.

38. The system of claim 29 wherein the fixed rate is 44.1kHz.
10 |
39. ' The system of claim 28 wﬁerein the error correction code generator
generates the error correction word, which is a forward error correction

code word generated using a Reed-Solomon encoder circuit.

15 40. The system of claim 28 wherein the error correction code word has a data

block size of 238 bytes and one control byte and 16 parity bytes.

41.  The system of claim 28 wherein the interleaved group of the multiple
digitized samples of the analog signals comprises of a plurality of least
20 significant bytes of the even designated digitized samples of the analog
signals of the group of multiple digitized samples analog signals, a
plurality of most significant of the even designated digitized samples

analog signals, a first command byte, a first plurality of error correction
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10 15 42. The systemof claim 28 wherein said pulse position is determ ned

AN

by the binary value of paired bits wthin said transmt frane. 43. The; .
system of claim42 wherein the digitized sanples of the analog signals are

a non-réturn to zero encoding of the analog signals. 44. The system of

claim 28 wherein said burst transmtter conprises an infrared |ight

emtting diode and a diode switching circuit connected between the pul se
position nodul ator and the infrared light emtting diode to activate and

deactivate said PAfitydweas, Bipjimaliyrf fedshsigdifiodet byitéshoftthe odaeidelgrarad carri er
signal. 45. The system of claim 28 wherein the receiver conprises a |ight

sensi tive di odedigitizedrsaowpilescandlogbignaisda pleglit] bomMosNaghinEsREAkd bfaht
emtting diode. 20 46. The system of claim 28 wherein ?he denodul at or

denmodul at es t he theoohid desighated digitizedisafitieana0EsiAR! & BEcsH at ed
carrier signal to 66 11 FEB 2003 deter Pnﬁjne an e%a?uat'l on %%?dngorg@gggi d

modul at ed carri epytei andh seBordBRY Aty SPerfortdoReeibd pi 47. The system of
cl ai m 28 wherein the denodul atgr ci¥cui t rdet e%?aé& ?%urrétgg%ers'eanbl e timng

signal agd the start signal to indicate a |location of the interleaved
group of the nultiple digitized sanples of the anal og signals

42.  The system of claim 28 wherein said pulse position is determined by the

binary value of paired bits within said transmit frame.

43.  The system of claim 42 wherein the digitized samples of the analog

10 signals are a non-return to zero encoding of the analog signals.

44.  The system of claim 28 wherein said burst transmitter comprises an
infrared light emitting diode and a diode switching circuit connected
between the pulse position modulator and the infrared light emittiﬁg diode

15 to activate and deactivate éaid infrared light emitting diode with the

modulated carrier signal.

45.  The system of claim 28 wherein the receiver comprises a light sensitive

diode that receives light radiated from the infrared light emitting diode.

46.  The system of claim 28 wherein the demodulator demodulates the

modulated carrier signal by oversampling said modulated carrier signal to
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within the transmt frane. 10 48. The system of claim28 wherein the 1b+§_1%k
recovery circuit conceals the effect of said non-correctable group of 8 2003
mul tiple digitized sanples of the anal og signals by interpolating adjacent
correct digitized sanples of the analog signals to estinate a correct

magni tude for said non correctable group of the nultiple digitized sanples
anal og signals. ~s 49. The system of claim 28 wherein the snoot hing

function applies ,a Hanning w ndow to those of the nmultiple digitized

sanpl es of the afelPBYNeagRyRlatian PRintehsaidmadsiaied cartied signat oaecearabl e
errors and those of the nultiple digitized sanples of the anal og signals

that are correctS3HAganadjti@E® to those of the nultiple digitized sanples

of the analog signals zo with non-recoverabl e and non-conceal able errors to
snoot hly decrease those of the nultiple digitized sanples of the anal og
signals that are correct and adjacent to those of the nultiple digitized
sanpl es of #he 6Vhe syst@B of oladm 28awtwrein the dembodulatdritiregit dereavgeabl e and
non-conceal able errors to allow a gentle nuting. 50. The system of claim

27 wheresn the spreamble fimimgaigraliahd thedStartRidradtdBdica & idtafod bPire Zed
sanpl es of the anal og signals with non-recoverable and non-conceal abl e

errors to a nullinitletifed Giupt? the Rultiplddigie8 Hmples Bt the Bhglog signals

within the transmit frame.

48. The system of claim 28 wherein the block recovery circuit conceals the
0 effect of said non-correctable group of the multiple digitized sarﬁples of
the analog signals by interpolating adjacent correct digitized samples of
the analog signals to estimate a correct magnitude for said non-

correctable group of the multiple digitized samples analog signals.

15 49.  The system of claim 28 wherein the smoothing function applies a Hanning
window to those of the multiple digitized samples of the analog signals
with non-récoverable and non-concealable errors and those of the
multiple digitized samples of the analog signals that are correct and
adjacent to those of the muitiple digitized samples of the analog signals

20 with non-recoverable and non-concealable errors to smoothly decrease
those of the multiple digitized samples of the analog signals that are

correct and adjacent to those of the multiple digitized samples of the
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digitized sanples of the analog signals to a null value preventing
repetitive interference on said comunication medium 10 51. 15 20 A et ipgd
for transn1tt|ng, receiving, and recovering digitized sanples of analog
signal & conprising the steps of: acquiring said digitized sanpl es;
interleaving the digitized sanples to separate adjacent digitized sanples
decreasing a probability of loss of fidelity of said analog signal due to
unrecoverabl e errors; generating an error correction code to provide a
group of interl eanalag sifinglstwithenbreeatpherable drid mevoostRaiblé erroRae\EHEw

I nterl eaved digitized sanples having errors created during transmtting
and receiving; fagentgmatingansmt frane with a plurality of groups of
interleaved digitized sanples, error correction codes, a preanble timng
signal, and a start signal; nodulating a carrier signal with said transmt
frame; 68 11 FEB 2003 transmtting as a burst the nodul ated carrier signal

on a conmmugpcat TR s aEn e clai 978 Yer&iRit i | of time
relative to a tine oﬁsanp l'ing repr ersenﬁ%g%y"éﬁééﬂ&a‘gﬁ{@e3{”9%
5 muiltiple digitized samples of the analog signals with non-recoverable and
non-concealable errors to a null value, further setting subsequent multiple

digitized samples of the analog signals to a null value preventing

repetitive interference on said communication medium.

10 51. A method for trénsmifting, receiving, and recovering digitized samples of
analog signals comprising the steps of:
acquiring said digitized samples;
interleaving the digitized samples to separate adjacent digitized
samples decreasing a probability of loss of fidelity of said énalog
15 signal due to unrecoverable errors;
generating an error correction code to provide a group of interleaved
digitized samples with redundancy to recover interleaved digitized
samples having errors created during transmitting and receiving;
_ forming a transmit frame with a plurality of groups of interleaved
20 digitized samples, error correction codes, a preamble timing signal,
and a start signal;

modulating a carrier signal with said transmit frame;
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sanples within the transmt frame; 5 receiving the nodul ated carriery 1 rFeg 203
dermpdul ating said nodul ated carrier signal to recover said transmt
extracting the plurality of groups of interleaved digitized sanples
and" th® error correction codes fromthe recovered transmt frame; 10
checking and correcting the groups of interleaved digitized sanples; if
any of the digitized sanples have uncorrectable errors, concealing any
effect of said uncorrectable errors by interpolating from adjacent correct
digitized sanpl es JdfensBittinges adfurst theimedelated carrief sigsaliah ali gi ti zed sanpl es

si gnal ;
frame,

with uncorrectable errors;

Is soft muting any of the digitized sanples that

have uncorrectabl e or COmMBHRicatieremedivim wherehyssaidibarst isenslisrt péried he
digitized sanples to a digital-to-analog converter to restore the analog
signal . 20 52. The netihedelafivecioa timb bf Samphrey reppsBditat H\Isail igitiaRe of |
digitizing said analog signals, and formatting the digitized anal og signal

as a non-return to zegmns;g@ggﬁihmqhe%ng,lﬂgf,g},@;tized sanpl es of the anal og

si gnal .
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5 receiving the modulated carrier signal;

10

15

20

demodulating said modulated carrier signal to recover said transmit
frame;

extracting the plurality of groups of interleaved digitized samples and
the error correction éodes from the recovered transmit frame;

checking and correcting the groups of interleaved digitized samples;

if any of the digitized samples have uncorrectable errors, concealing
any effect of said uncorrectable errors by interpolating from
adjacent correct digitized samples an estimate of a sample value of
said digitized samples with uncorrectable errors;

soft muting any of the digitized samples that have uncorrectable or
non-concealable errors; and

transferring the digitized samples to a digital-to-analog converter to

restore the analog signal.

The method of claim 51 further comprising the steps of:

digitizing said analog signals, and
formatting the digitized analog signal as a non-return to zero encoding

of the digitized samples of the analog signal.
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10 53. The nethod of claim51 wherein the comunication nmediumis Se?ﬁéﬁfﬂﬂw
fromthe comruni cati on nedia consisting of wired nedia and wirel ess* iPasto
54., The, net hod of claimb51 wherein the nodul ated carrier signal is
transmtted as light. 55. The nethod of claim51 wherein the nodul at ed
carrier signal is transmtted as a radio frequency signal. 56. The system
of claimb53 wherein the wire nedia conprise coaxial cable, fiber optic
cable, and two wire audio cable. 15 57. The met hod of claim51 further
conprising the steps of receiving the analog signal and converting said

anal og signgl to,digitiz anples. 58. The nmethod of claim51 whereby said
digitized sgérpl e@%ﬁ{ﬁihﬂ)f&ﬁ%m fowhergin.the qogrmunication mediyniis seleciedof
sanpling rates. EO 59. The nethod of claim58 further conprising the step
of converting safem Qe gPPMEBisatianfiesia eansistign of wired madid esd hareless a fi xed
rate. 70 60. The nethod of claim58 wherein the plurality of sanpled rates
of 32 kHz, 44.1MR#R. and 48 kHz. 5 10 61. The nethod of claim59 wherein

the fixed rate is 48 kHz.
5

54.  The method of claim 51 wherein the modulated carrier signal is

transmitted as light.

55.  The method of claim 51 wherein the modulated carrier signal is

10 transmitted as a radio frequency signal.

56.  The system of claim 53 wherein the wire media comprise coaxial cable,

fiber optic cable, and two wire audio cable.

15 57. The method of claim 51 further comprising the steps of receiving the

analog signal and converting said analog signal to digitized samples.

58.  The method of claim 51 whereby said digitized samples have a sampling

rate selected from a plurality of sampling rates.

59.  The method of claim 58 further comprising the step of converting said

digitized samples to digitized samples having a fixed rate .
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62. The method of claim59 wherein the fixed rate is 44.1 kHz. 63. Thq Fgp 2008
met hod of claim51 wherein the error correction code is generated 64" " usi ng
a Reed- Sol omon error correction method. The nethod of claimb51 wherein the
error correction code has a data block size of 238 bytes and | control

byte and 16 parity bytes. 65. The nethod of claim51 wherein the group of
interleaved digitized is sanples are conprised of a plurality of |east

significant pytes of the even designated digitized sanples of the group of
multiple di SBt 250 E?ﬁ!iﬂ%%f, clgim 2% wharein theqrluratityof segwpied rates of 32 ke even
designated digitized sanples, a first command byte, a first plurality of
error correcti ontpadkHzyapgd8kHza plurality of |east significant bytes of
the odd designated digitized 20 sanples, a plurality of nost significant
bytes of the odd designated digitized sanples, a second command byte, and
a second plurality of error correction parity bytes. 71 11 FEB 2003 66.

The net hod 61. cl Bhemethothsfratiim SPAHERIN e TiaH fate AfsT4gBkHS1 gnal conpri ses
the step of positioning a pul se positioned nodul ati on whereby said pul se

positiongd nodul ation is positioning of a pulse of said carrier signal
within a period of said carrier signal according to a binary value of a

plurality ofa 5 Phd meMdd s [ ) . 87, The method of claim66
wherein said plural l|$]t y of %@@ élbs%@%ﬁqﬁeof%(ggﬁs \fn“t“h] Eﬁz
63. The method of claim 51 wherein the error correction code is generated
using a Reed-Solomon error correction method.
10
64. The method of claim 51 wherein the error correction code has a data

block size of 238 bytes and 1 control byte and 16 parity bytes.

65. The method of claim 51 wherein the group of interleaved digifizea

15 samples are comprised of a plurality of least significant bytes of the even
designated digitized samples of the group of multiple digitized samples, a
plurality of most significant of the even designated digitized samples, a
first command byte, a first plurality of error correction parity bytes, a
plurality of least significant bytes of the odd designated digitized

20 samples, a plurality of most significant bytes of the odd designated
digitized samples, a second command byte, and a second plurality of

error correction parity bytes.
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said transmt frame. 10 68. The nethod of claim 51 where denodul ating the
carrier signal conprises the step of oversanpling said nodul ated caltiféB 2003
signal to determne an evaluation point of said nodul ated carrier signal

to ‘recover said transmt frane. 15 69. 20 The nethod of claimb51 wherein
extracting the plurality of groups of interleaved digitized sanples and
error correction codes conprises the step of detecting the preanble timng
signal and the start signal to indicate a |ocation of the interl eaved

group of t h&6.multhemethsidgpftdlaied whengiremoddlatimesaid eboer signahbosmpiisdy n t he
transmt frame. 70. The nethod of claim51 wherein the snoothing function

appl i es a Hannithg stémelcositmnirgs pulsé pokitioned odUkitidh SiHerandsH@polses of the
anal og signals with non-recoverabl e and non-conceal abl e errors and those

of the 72 nul ti positibrgdtmedationielpeitiohing e agnMdeosr sHidBarrier bidakl Wi§ncOr I ect
and adjacent to those of the multiple digitized sanples of the ana?og

[ I ith i
decr oase those ol Pere oa raeh SERSaGERARTITIbmefy [ALS R AT ¢ (o
are s cofrect angaghas EtP&sHWaeing.f the multiple digitized sanpl es of

the anal og si gnaﬁ S W t% non-recoverabl e and non-conceal able errors to
allow a gentle muting.

67.  The method of claim 66 wherein said plurality of bits is a pair of bits within

said transmit frame.

10 68. The method of claim 51 where demodulating the carrier signal comprises
the step of oversampling said modulated carrier signal to determine an
evaluation point of said modulated carrier signal to recover said transmit

frame.

15 69. The method of claim 51 wherein extracting the plurality of groups of
interleaved digitized samples and error correction codes comprises the
step of detecting the preamble timing signal and the start signal to
indicate a location of the interleaved group of the multiple digitized

samples of the analog signals within the transmit frame.

70.  The method of claim 51 wherein the smoothing function applies a
Hanning window to those of the multiple digitized samples of the analog

signals with non-recoverable and non-concealable errors and those of the
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71. The method of claim51 further conprising the step of upon soft nuting
10 nultiple digitized sanples of the analog signals with pon-recoyeggpL% (13
and, nan-conceal able errors to a null value, further setting nmultiple
digitized sanples of the analog signals that are subsequent to the
nmultiple digitized sanples of the analog signals wth non-recoverable and
non- conceal able errors to a null value preventing repetitive interference

on 15 said Conmfﬂlijlﬂﬁireid?&tif%eodéaumnﬁleg 8 the analog signals that are correct and

adjacent to those of the multiple digitized samples of the analog signals
with non-recoverable and non-concealable errors to smoothly decrease
those of the multiple digitized samples of the analog signals that are

5 correct and adjacent to those of the multiple digitized samples of the
analog signals with non-recoverable and non-concealable errors to allow

a gentle muting.

71. The method of claim 51 further comprising the step of upon soft muting
10 multiple digitized samples of the analog signals with non-recoverable and
non-concealable errors to a null value, further setting multiple digitized
samples of the analog signals that are subsequent to the multiple
digitized samples of the analog signals with non-recoverable and non-
| concealable errors to a null value preventing repetitive interference on

15 said communication medium.
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