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The present invention pertains, to di ﬁit% si‘gnal . conpressi on

techni ques for vaice and CRAGATS N t'gmlqwgﬁwl_ar, toa~™ 5
mul tiple conpression nethod that saves nenory space and facilitates

real -time audi o cammuni cati on.@t&h@&ﬂﬁﬂdﬁ[&b&lﬂ!ﬂuﬂn o

Background O The Invention Per sonal conputer
~users have di scovered The-present niaveritiorgipettains w0 digital signal compresséamor k of
conputers) to be an effective vehicle for data and audio '
conmmuni cati on wi tfacheigaée fori voice afif datsSeorhin@nicationiead,ibpartiasiar, to a

wor | dwi de conmuni cati on at a cost nmuch | ower 't han standard

~tel gphone rates, Lifffle icﬁn%?e§sf&rﬁéﬁidagth§?§§d%§ xﬁ&ﬁo@@%@ 2@ fhEifitates
capabilities of personal conputers to enable real-ti'ne voice 15

conmuni cati on vi . E@rpg e there are several limtations
to existing t ec-h?lro dgé{%‘gc[‘giechﬁ‘.“ | %ﬂ#ns' goal . :

Exi sting tel ephone lines, which were originally devel oped for

anal og voi ce communi cation, provide a narrow.-bandw dth :

comuni cation link, typically i 00 Hz to 3400 Hz. 20
Because the transm ssion tine. f 2L B nver sel y -
proportional to the frequency, the rate of data transmission is restricted
by the bandwi dth |i ni t Betseral shmputeseserehavendiscovered the Internet (a global

Anot her obstacle to the transm ssion of audio data in particul ar

i s10he | arge anoumstwork of computers)reonbeyam effeqtiveceshi¢ledot idata anddedio

1

e

communication with remote sites. Because the Internet provides
worldwide communication at a cost much lower than standard
telephone rates, there_is an increasing demand for expanding the
capabilities of personal computers to enable real-time voice

15 communication via the Internet. However, there are several limitations
to existing technology tﬁat inhibit this goal.

Existing telephone lines, which wex;e. originally developed for
analog voice communication, provide a narrow bandwidth
communication link, typically in the range of 200 Hz to 3400 Hz.

20 Because the transmissibn time for one bit of data is inversely
- proportional to the ﬁequ;ancy, the rate of data transmission is restricted
by the bandwidth limitation of telephone lines. |

Another obstacle to the transmission of audio data in particular

is the large amounts of computer memory and processing time needed

.-~ SUBSTITUTE SHEET (RULE 26)



SUBSTI TUTE SHEET (RULE 26) WO 98/ 23039 :

PCT/ 1 B97/ 01614 ' to digitize audio data for use in the -
digital omMOPsEWAENt of the personal : Cc RGIMBST/OL6AE | S
known in the art, in order to transmt digitized audio

data for real -timgy H?Soéz@axﬁﬂé Qafa¥of ubdlid 1R di%i}?ﬂ%n@froﬁﬁéﬁgoﬁhb _ ﬁﬁ% 8?1’--

second is typically essary. However, use a nodemis requir

modul at i ng and. derpighai Nk €1iobal 1aShe 2L, 5 88er! HARILAPLONAN o

t el ephone |i nes. currently aval |l abl'e’nodens ca

Secong "l for'relhR U8 a e el BB YRR o AAR WOk L O

dat a. transm ssi on, encodin 10 has been ysed to | ow nore
than one bit to bée‘i@ﬂr‘éwi@é’dnﬁ(}eséa%’i fkdpwever, use o%amoc?em Is feq““ﬁ&laflgé shape
or signal level. This has expanded to the devel opnent of .

i nt égr at ed ser vi casodulafingland edemedulatimDidigital csigaale Jor taansmission given|
conmruni cations network. In the | SDN network, all voice, data, and .
ot her ‘i nf or nati on telephdnedlimsy. Moétl cuarettlyravaiiable maopems ¢an rhligblyi radlland 15 .
transmitted at high speed over a single, public swtched network. The

oSt common “tr ans gn§s 1@ kilsHyeead (144 kilobite)ned 3l kilbleytéy (28.8. Idiobitkp pent O

pul ses, which are then transnmtted across the network at up to 64

‘kbi t s/ second.. Theggedqdiqoi tal pul ses are less susceptible to noise than are
correspondi ng anal og signals. 20 C ' In order to

accommodate the narr OWI{Q%Bdéﬁ'O(H tb HIcr%. 25% ?gtﬁo %fe?%a lﬁrsagém%sﬁion’ encoc{iﬁé ephone

lines and the | ow data"transm sSsion ra
10 - has been used to allow more than one bit to be represented by a single

~ pulse shape or signal level. This has expanded to the development of
integrated services digital network (ISDN) technology, an all-digital
 commitnications netwﬁrk. in the ISDN network, all voice, data, and
other information, including still and moving images, is digitized and
15 transmitted at high speed over a single, public switched network. The
most common transmission method is to translate the binary digits into
pulses, which are then transmitted across the network at up to 64
kbits/second. These digital pulses are less susceptible to noise than are
corresponding analog signals.
20 In order to accommodate the narrow bandwidth of existifxg '
| telephone lines and the low data transmission rate of modems used by
the majority of_ personal computers, digitized data must be compressed
prior to transmission and decompressed after reception. The

‘disadvantage of existing compression programs is “their high
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the majority of personal conputers, digitized data nust be conpressed
prior to transm ssion and deconpressed after reception. The

di sadvantv@e8/23039 exi sting conpression progranms-is their Bfpo7/01614
2 WD 98/ 23039 -

PCT/1B97/01614 computational.bve(rjhead? QRRUbauBEBhtisN prdteddng | réuired® -
substanti al processi'ng required to execut € several

mllion instructi e : '

anmount of nenory e%géggagetv %ﬁgﬁ%ﬂéﬂrﬁ%ﬁ@ f:&esécBﬁHG(MPS) and the large Audi o
conpression algorithns that may be,used in accordance 5 _

with the teachi ngas‘“%?mt?fhe‘nﬁln@giﬁ?eqerﬁ@nﬁt?%% (%tg'be known to those

skilled in the art. One technique s {he autocorrel ﬁti on,net hod,, of

whi ch one vari ation i SAUGOGOMRIGSHON }i&?ﬁt@&? Shatrmay Re usgd dBaerudanssn

Met hod for H gh-Quality Time/Pitch Scaling," published in 1994 b :

Tel §com Pari s, Depish tthernteadiingsabf thepresentiavensionawill berknowah e d,il;gse 10

is the absolute value difference algorithm which adds the absol ute

val ues of the di fﬂﬁlﬁ?ﬁetb@ta!eeﬂ)wmaﬁju&ésshgmﬁom@iatMm mettiod, ofis
the owest difference. Also well known is the EIATIA I S-54 standard,

whi ch di scl oses agpizh@akivalEatige sedéseibed by hedn Dawueche it tAmaCprrelatidn i n t he
art could inplenment as a conpression algorithmfor use with the 15 '

. present inVe”tiOnMeﬁdelF&%%g%&ﬁﬁ?ﬁ&ﬁt&kbﬂ%ﬁﬂb&qw 1994 by

al gorithm publicly avalla € European Standar ds

Comm L ee. 1" 1feBbi pihe AR SRR BHRFHAE Afblnt ebiqe

! mi8r por ated he_r eils nthgyalgsgiuetcr:evrﬁt?é difference algorithm, which adds the absolute

values of the difference between successive signal segments and finds -
the lowest difference. Also well known is the EIA/TIA IS-54 standard,
which discloses an algorithm description that one or ordinary skill in the
art could implement as a compression algorithm for use with the
15 present invention. A furthér method is the well-known GSM codiﬁg
algorithm publicly available through the European Standards
Committee. There is also tﬁe G723 and G728 algorithms. All of the
aforementioned public documents, codes and algorithms are
incorporated herein by reference.
20 ' _ While the §ompression ratios and data rates achieved by means
| of the compression techniques described above could be used for audio
transmission via the Internet, the cost, complexity and low signal quality
is unacceptable for real-time audio communication. Hence, there is a

need for a data compression method that has low computational
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20 Wil e the conpression ratios and data rates

achi eved by neans of the conpression techniques

descri bedvab&d@3coul d be used for audio PCIVIBAT®WG14Si on
via the Internet, the cost, caonplexity and 1ow signal quality

i ble f 1 i caton -Hence.. i i
necd Tor A data cOSSPERs: brivBe B RLE HAHST b CugED ofislel Persotar

3 WD 98/ 23039 P g

PCT/ 1 B97/ 01614  compuier Bardware and cORRTSTEgR 2lgeriths t AchiF el uAlD 6, and

‘utilizes existing personal L .compuf er, -har dwar e and
conpressi on al gor§aTARRSsSsion gad decempression pf reaktime audio signals.

conpressi on and deconpression of real-time audio. signals. 5

Summary O The I nvention The present invention
.provi des a nethod for conpressing data, and, in

parSicular, digital signals for Sommary@f Fosinventiehi on over the

Internet in a personal conputer environnent. In accordance with the

met hold of the lp[rﬁseg't Tlti'é/P%sbﬂﬂmlvé\nﬁbxﬂpioﬁlﬁde%'agigathdcﬁfo?%@ﬁitpt@sﬂiﬁg'r dﬁﬁ,ad 10
si gnal source. e digital signal is conpressed to a first conpresse '
'signal and then c £ SSRshuRER itk Psitn e ok 'r&ﬁ?ﬁ Sl ¢

I deally, the step o ug npresslggn%ﬁse@rl%%m veapgfﬁg}i ta gf‘%ﬁ%@:"ﬁ% l?ges
‘application of a ] £55i 0L | t o igital
signal, and the s#né%%g? ﬁg%%?sg‘gg{ ﬁégrﬁ#ﬁgr ? #%éﬁé%r%sé%gr&sﬁégﬁ ﬁpq]%
conprises applicatign of.an audio or speech campressian algorithmto

the first conpr esgl&a‘oéilo%gl?c present invention, a ‘ﬁglggi St 5 rF'néi‘é%dcgﬁpa%ﬁce W th

anot her aspect of ,th rese [ ntion,
10 P mgnai s%urcc. n'}'he: Ygeiltaﬁ s?gna.l ?s compressed to a first compressed -

signal and then compressed again to ‘a second compressed signal.
Ideally, the step of compressing the received digital signal includes
application of a time scale coripression algorithm to the received digital
signal, and the step of compressing the first compressed signal

15 comprises application of an audio or speech compression algorithm to
the first compressed signal.

In accordance with another aspect of the present invention, a
digital signal compression and decompression process is provided for
real time implementation on personal computers having.a digital signal

20 | processor associated therewith. The process comprises the steps cf
receiving at the digital signal processor a digital signal from a signal
source; compressing the digital signal by removing wave form
redundancy to obtain a compressed digital signal; compressing the

compressed digital signal by application of an audio ‘compression

4
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digital signal conpression and deconpression process is provided for
real tinme_imlenentation on personal conmputers having a digit i.gnal 20
processorwé)rsgégé&‘ét ed therewith. The process conprises the gFE 97qu914
receiving at the digital signal processor a digital signal froma signal
source; conpressi mgethb@ o gtheakomipgesséd byigitahzignad teavebthinr @ multiple- -
redundancy to obtain a conpressed digital signal; conpressing the -

Z onpressed di gi {Ala)lcggi 22%33 BigitaDgignh1961 tpansaiissidn Gwetistanderdletsphions lines;
PCT/1B97/ 01614 recejving at a digital sig@bh@&sﬁiﬁﬁpwqwmﬁﬁ@[Mkﬁedsi gnal

co a

to obtain a nultiple- ressed digi signal for

transm ssion over a‘lfél?ﬂ e Ft%xﬁpﬂgnfél% .hgﬁ% 'r%elsb-ldecom ressin etge muftff)fee—i ving.

at a digital signal®processing neans e-C res

digigal signal fromthe tel ephgne |ines, deconpressing the multiple- 5
conpt essed- di gi talcogpé?ﬁéngﬁE‘I‘l&aﬂgﬁﬁldthéB %s@qCBW%ﬁ%scs'%’d n't‘%hg to
obtain an estimation of the conpressed digital signal; and

deconpr essi ng t he Ob&Pr cals eestimagian| ofj Hifal cOpPrasacd ¢ digifal\a signaly, and
redundancies in the conpressed digital signal to obtain a real-tine
estimation of the decompressingithetcompriessed| digisak signaldby inserting: wavgfatm 10

sour ce. _ I n accordance with another aspect of the
present inventi on rediedancies in the compressed digitap sighal eowbesiai 2 geakmdi gi t al
signal conprises application of tine scal e conpression

to the digital si Q:,Bﬁhlﬁtibﬁ S ehee BRipidIeAipital Bignhl Fenerated from the signal
scal e conpression includes a correlation conpression algorithm In 15

anoyher enbodi menfga,ddae tinme scal e conpression includes an absol ute
difrerence algorithm O her known tine scal e conpression nethods

In accordance with another aspect of the present invention, the
step of compressing the digital signal comprises application of time
scale compfession to the digital signal. In one embodiment, the time

- scale compression includes a correlation ¢ompression algorithm. In
15 - another embodiment, the time scale compfession includes an absolute
difference algorithm. Other known time scale compression methods

| may also be used with the present invention.

In a;ccordance with yet a further aspect of the present invention,
a method of modifying digitized signals for storage, transmission, and

20 reception by personal computers having a digital signal proccss;»or
associated therewith is provided. The method comprises modifying
original digitized signals received in the digital signal processor from a
signal source by concatenating multiple compression methods to achieve

low bit rate compressed signals for real-time transmission over standard

5

- SUBSTITUTE SHEET (RULE 26)



may dl so be used with the present invention. I n
accordance with yet a further aspect of the present invention,

a met hodwexesadPfying digitized signals for storage, tram@/EH@4and 20
recepti on by personal conputers having a digital signal processor

associ at ed t her etsil¢phdne lgmesyi ded. The net hod conpri ses nodi fying -
original digitized signals received.in the digital -signal processor froma
signal source by conchi acerdage with & filreher@ispec of itiipreseéitddsertiom ¢ig eve

|l ow bit rate conpressed signals for real-time transm ssion over standard

S Mt Ar#the? comprises modifying the multiple-compressed digitized
PCT/ 1 B97/ 01614 - tel ephone |ines.

I'n accordance wi &g%as EU&&%JF??IQ” : i%aﬂ%i%ﬁf?ﬂcﬁéﬁﬂfroﬂ‘ﬁ %aﬁ}cf@!‘suc&m a

nmet hod further coffprises no e I pl e-conpressed digitized

Zi %nétl S recei Veo'di&ﬂai q_gmq. 'trﬁl 'ﬁing%?l HR' Q&?ﬁg eer@%g]o%e’s-%ﬂ%%n%@ﬁhch as a

tal nenory nedi um or i nes

concat enat i ng . -, _nultiple deconpression t hods. t o achi eve
an ‘accurate real Multiple decompression thetholl Ei@-s‘l“? i 8R ?ﬁcuf"ﬁg Fﬁ‘&' Rl -
digitized signals.,6 | . . . I n accordance with yet another
aspect of the presiznatiomobhie original digitized signals. - .- the step of :

conpressing digitized signals by concatenating nultiple 10

conpressi on net hods twagrordanceawithf yetsanathemaspest ofrthe presend invention,
concatenated with a second conpression nethod, and further where the
step of deconpr efife sgpt 6 compressingedigitized tsigmats Hiy gomkatehyting mualtipheat i ng

mul ti pl e deconpression nethods conprises a first deconpression

negohod concat enagéielprdséiona methods doaPHisESSAl OfirsteichbAfression method
concatenated with a second compression method, and further where the
step of decompressing the compressed digitized signals by concatenating
muitiple decompression methods comprises a first decompression
method concatenated with a second decompression m.ethod.

15 ' In accordance with another aspect of the present invention, the -
first compression method comprises time scalé compression that
removes selected segments of the digitized signals to eliminate signal
redundancy, and further wherein the first decompression method
éomprises time écale decompression that inserts dupﬁcate selected

20 . signal segments into the compressed digitized signals.

| In accordance with yet another aspect of the present invention,
the time scale compression includes a éorrelation signal compression

algorithm. Alternatively, the time scale compression includes an

absolute value difference algorithm.
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15 _ I n.accordance with another aspect of the present

I nvention, .t first conpression netho ,%99' s tine
scal e co%?@gé?oa% t hat renoves sel ect_egcgegn)l’(a’% g of the
digitized signals to elimnate signal ' J edundancy, and
further wherein-the fiF58cces Btk pBRthep aspast of the present invention, the* =
conprises time scal e deconpression that inserts duplicate selected 20

si gnal segment s ‘i second eompressiens seethed gpmprises sudinasampression, such as a

In accordance with yet another aspect of the present invention, '

the time scal e cosmandad speecincomgesssipncigorithat.i on si gnal conpression
algorithm Alternatively, the tine scal e conpression includes an

absol ute val ue differ epgayifll 99 kéddilp appreciated from the foregoing, the present
6 . ' PP SUBSTI TUTE gSHEET (RULE 26)

WO @8/ 23039 : . s s : : :
tilizes existing compression algorithms and technology in a
PCTF1 B97/ 01614 invention utilize 8 P I'n accgordance wth ano%yher aspect

of the present inventio e ot k met hod
conprises audio cBﬁ&“&s@P%ﬁc §%%‘Rr%§§‘°é‘ process. By cﬁﬁ&?%tﬁx%g%ma;sg% peech
conpression algorit . As wil |l Jyeadi] )

appreci ated from F’r?gg@r do&reater fdngre, s sigpal gompression is (lﬂ)etamegi ‘Hbﬁ?\t i on
utilizes existing conpression algorjthns and technol o ina

uni que mul tiple cEWM@ing3 higd @uality iy the fenradvse rsagé%ﬁmg@ooﬁata-

met hods, a greater degree of signal conpression is obtained while,

mai nt ai ni ng a hi ghowuebmpytationah everhend dis cashievedcbyh matchingi ecompression

Low conput ati onal overhead is achieved by matching conpression 10

t ecigni ques Wit h exdchhiqugs lmdthdexisting hardware.

Brief Description awin,
The.foregoing and other features and advantages of the present
invention will more readily appreciated as the same become better
15 understood from the detailed description when taken in conjunction
with the following drawings,.wherein:
- Fig. 1 is a flow chart illustrating the method of the present
~ invention; |
Fig. 2 is a flow chart illustrating the method of the present
20 invention in the context of digital audio signal transmission; and
Fig. 3 is a flow chaﬁ of one representative time scale

compression method for use with the present invention.
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Brief Description O The Draw ngs . The-foregoi ng
and ot her features and advantages of the present )
i nvent i oWO#2303%ore readily appreci ated as the same beconBCHEB7E161415
understood fromthe detail ed description when taken in conjunction

with the follow ng draw ngsDetsitsdeDescription Of The Invention F| g. Lis a
flow chart illustrating the method of the present

I nvention; ' The present inventidni §s dirdctedd fol ahe ctmnprdshbquf ating
the method of the present 20 - i nvention in the context of

digital audio sigRgirohi c@ s g6 sﬂBsecﬁﬁﬁtprocessmg, storage and/or transmissiéd 9- . 3 1S
a flow chart "of one representative tine scale

conpressi on et hggl, reﬁnot?ateﬂm the Eorkéspd iing qUERbkABion of the regeived |

WD 98/ 23039
PCP | B97/ 01614 Signals. Whlle representative embodiments ‘ﬂyt g?ldeeacr& %m Bl?c.? on O

The | nvention The pr.ese [ nventl is directed
to the conpressi 6pntgxt of real-time speech transmls%?’éc‘{ P"blm’ﬁ W@ﬁéﬂ‘ thst the hsequent
processing, storage and/or transm ssion to a renote

site and the cor meshedsddesgribed hepeinswnobe eflapted foemse vindhe mrocessing,

signals. Wile representative enbodiments will be described in the
context of real - sforzgesadyoh ttansmissionsofoaudio endidon-dndiaiddex st ood t hat t he

The concatenation method of the pfesent invention may be
10 practiced with existing communication software émd hardware, as will
be evident to one skilled in the art. The present invention is related -to
co-pending applications entitled System And Method For Dynamically
Reconfigurable Pocket Transmission; ISDN - Termiﬁal Adaptor Using
Digital Signai Processor. While the present invention is compatible
15 with existing communication software and hardware, better results will
be achieved utilizing the inventions disclosed in the related applications
referenced above.
Analog audio signals and, in particular, voice and speech signals,
must be digitized prior to processing by personal computers. Further
20 processing in the of signal compression is required to enable
transmission of the digital signals over the narrow bandwidth of
standard telephone lines as previously described. While available
compression algorithms achieve sufficiently low data bit rates for their

purposes, real-time processing of speech requires greater compression
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met hods descri bed herein can be adapted for use in the proecessing,
storage and/or transm ssion of audio and non-audi o data.
The concBQI#P¥n nethod of the present invention may be Tfg E97/01614
practiced with existing communi cation software and hardware, as w ||l

be evident to onatdhstet spkeids withousidess ofisignal quality. i nvention is related-to
co-pendi ng applications entitled System And Met hod For Dynam cally '
Reconfi gurabl e Pocket Ifir ams eirtwidiment 8Dthe pFesemt rinventivaptaodigisal agdio
Digital Signal Processor. Wileé the present invention is conpatible 15
with existing C_Orﬁgdﬁ.il G@ishbjectedf oRfuttile Cedn@irdysiers, pHét teprocssingsand | |

be achieved utilizing the inventions disclosed in the related applications

ref erenced above. COTT di Itiple dedYiRprassianidi Pl ahgHowpid, |0
particular, voice anueat corresponding multiple ¢ o hust be digitized

prior to processi by .persanal .cor . r :

pr ogessi ng in theﬂg‘f 931@%5?9@%%2%% ?gb]fgé%gihéraea %‘gt é:ﬁgmr%sswn 12,
transm ssion of the digital _signals . over,the narrow,bandw dt f

standard tel ephorféswlpﬁgéné’sﬁfﬁt é’?FEHEG?SQS&@éf PHHRRL \\%??q QUMiq?angeﬁm
conpression algorithns achieve sufficiently low data bit rates for their
purposes, real -t iqenpressden 32y then splieetedr @qwiseeand; FUIBPEASSIOB i e Idi%Hn

8 WD 98/ 23039 _

PCTI | B97101614 - . results.in a multiple-compressedssignal dhataugy b furthar compressedsi gnal

quality. I n one enbodi nent of the present
i nvention, a digidsadestredj or it may be processed for storageal tfansmissjionct ed to
mul ti pl e conpressions prior to processing and subsequent

coppespondi ng nul ti pl eThis GRANEPRSAlgBFithm Fpech @mpriesiion intay Be applied to
Fig. 1, the digital signal 10°is subjected to a first conpression 12,

real-time voice or speech transmission as described below. The goal of
signal compression is the elimination of signal wave form redundancy.
After a compression algorithm is applied to a source data, the output
may still contain redundancy. In the present invention, if the output of
15 the first compression is suitable for the application of another
compression algorithm, further compression can be achieved.
For example, let S(n) and O(m) be the input and output of a
~ first compression algorithm respectively: |

O(m) =T1(S(n)).
20 S=InvT1(O(m));
where T1 is the compression algorithm;
InvT1 is the decbmpression;
O(m) is the output of the compression;
S is the estimation of S.
25 Applying T2 to O(m), the result is O1(p).
| O1(p)=T2(O(m)).

-~ SUBSTITUTE SHEET (RULE 26)



resulting in a first conpressed signal output. The output of the first
conpression 12 is then subjected to a second conpression 14. This

results iWOAR8R3039i pl e-conpressed signal that may be furt heRCHBRHPISE4ed,

as desired, or it may be processed for storage or transmssion. 10

This multiple algorithm speech CONr {56h a)o.n[ m plled to -
real -tine voice or speech transm ssion esc ‘bel ow. The goal of
signal conpression is the elin retered2ois sec@‘htompmesmmalgmﬂmdancy. .
After a conpression algorithmi‘s appl a,” the out put

may still contain redundancy. In thelﬁveﬁzs Eh% (%/cgﬁﬁ)l g%hl‘f t he out put of

15 the first conpres@O(@n) isthsstimationfofOfnile appl i cation of
-anot her o . c? npressi on al gorlthm further conpre%m on can
be 3chi eved. With the foregoing concaigpation yigral redundaney ealibey m be
the input and output of a first conpression al gorithm
respectively: substantially reduced. Concatenation of additiaial) compression) . 20
S=InvT1(A M) ;- where T1 is the
conpr essi on al gordlgdrithms may be done to ‘eliminate additional redundancy. To InvTl
IS the deconpression; am is

the output of t h%o%@iﬂéhﬁﬁsw algorithms in the context of encoder and decoder
Sis the estimation of S Applylng T2 to O(r‘r)

the result is Ol(cmrput, the foll,owmg operations take place:

VOB 23038 e
et B97/ 01614 encoder output O1(p): om =
conpr éssi bh &l gor t hm oip)=TaTY(S) e T2 IS s L,
'It?let ggt ?ﬁgfrgﬁeifl (c))?mdecoger output 51(11) ' Wth the foregoi ngO( s
concatenation, signal redundancy can substantial ly

reduced. Concatenation of addi WMEWMRGQKP»

~al gorl thnms nay be done to elim nate additional redundancy. To
Where S1 is the estimation of S(n).

15 As shown in Fig. 2, an audlo signal input 16 is received into an
an_alog-to-digital converter for analog to digital conversion 18. Beéause
personal computers operate in a digital environment, analog speech
signals must be converted into digital format for subsequent processing
and transmission. The audio signal source may be a microphone,

20 telephone or other similar device that generates analog signals. These
analog signals are then converted into digital format by the
analog-to-digital converter. Foﬂowing cénversion, the digital audio
sighal is received at. a digital signal processor (DSP) 20 for compression.
As was briefly explained above, digitized audio signals consume large

25 _ amounts of computer memory for storage and computer 'processing

10
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concatenate two algorithns in the context of encoder and decoder
. out put, th W ng operations take place: 10
W 9%8&(%% | PCTgTIat614

encoder output (p):
=T2(T1(S)); : decoder output S1(n): L
S1(n) = | nvT1( | nvTtxne1 ([e)storage and transmission of large amounts of informgtiondys < -
the estimation of S(n). 15 _As shown in Fig. 2, an
audi o 'si gnal i npuperténalscomguuérsotia istandarth telephone lines, such as are used by |
anal og-to-digital converter for analog to digital conversion 18. Because
personal conput er gheOhitérs; ik mod felasiple aduecto signalndistortian aindglosp e aata
signal s nust be converted into digital format for subsequent processing
and transmi ssion. calf3ed apgli theSi titdw S BEAGRIdIRYoP&the EbfmARiieston ks,
t el ephone or other simlar device that generates anal og signals. These
anakog signals ar hen.canvart ed.. i Ol : : ired.

# Eohd \Fgre?@.u) I ssidif Of ﬁiegdlgﬂél §Hid ?{?”egﬁi‘% ?t@qoll}lreélu dio

analog-to-digital "co ['OW ng conversi on,

A uas bri ef Iy expl ai nb8 b an Beger isLARRECRNaIaE of ReorlloCBTHES" 25

-~

),

anounts of conputer:nenory for storage d conputer processj

10 : P DSP 20'wh>ére time scale ?noﬁpxcatfo PRSP g‘og&%‘sgtlm? 26)

WD 98/ 23039 . . . . )

PCT/ 1 B97/ 01614  compress the signal. Timeiseale cpmpressinmdd obagignabeensistsobn. of

| arge anounts of information by personal conputers via

st andar d t el ephongeroviag wase fdrmaeedandancyefiiommythe original signal in such a wayhe
Internet, is not feasible due to signal distortion and | oss of data
10 that the original information is maintained. Various algorithms have
been developed for time scale compression, as will be discussed more
fully below. The application of time scale compression to the digital
audio signal resuls in a first compressed audio ﬁgnal; The compressed
audio signal is theﬁ passed to the andio compression stage 24 where the
15 first compressed_ audio signal is further compressed by application of an
audio compressiqn-algorithm. Several audio or speech compression
algorithms as described herein are readily available to those skilled in
the art. Application of the speech compression algorithm to the
compressed audio signal results in a multiple-compressed signal that is
20 eventually modulated for transmission 26 over telephone lines u.smg
| standard transmission methods.
The | transmission 20 of the | multiple-compressed signal is

followed by reception of the signal in a second digital signal processor
(DSP) 28. Decompression 30 of the multiple-compressed-signal is first

11
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caused by the narrow bandw dth of the comrunication |ines. 5

Consequent | g conpression of the digital audio signals is required.

As shownWH82383% 2 the digital audio signal is received B¢I{IR7/01614

DSP 20 where time scale nodification or conpression 22 is used t.o
conpress the si gnadertdkemtcyisldaarcestimiation ofithe 2ombressad gundib sipmaki This of -
renmovi ng wave form redundancy fromthe original signal in such away 10
that the ori gi nalis tii#hfollBive@ By aSddtbiipredsii32 oftthe @émprbged abbitbsigml e

been devel oped for tinme scal e conpression, as will be discussed nore
fully bel ow The it eim&fiod I0fBh : Cﬂgﬁﬁ %ﬁgpn 'Qﬁald' ihal

audi o si gnal res&?@géllhnﬁiah?l rstmg:orrprggfs?%%lau |o‘g | gnal h%l corr%‘?%]gsed
-audi'o signal is t | 0 ' 4 where the 15
first conpressed s&?@’l‘%@& a%‘&lies %@##e@%%l %ozlgéﬁ%@)}g%ﬁalzg%p?%ﬁgof an
audl o conpression algorit ever al. audi 9 or speech ressi on

al gdrithms as des"ePY%é’(?nt@‘PeiﬁeaFeéu cﬁ“f‘(;" é\EEP'FQBWé‘t ﬁgngh%’éfegﬁflltf’ed in
the art. Application of the speech conpression algorithmto the

conpr essed audi o discgriblersoyndiby qonvantiopal imgthodssnpr essed signal that is 20
ceventual | y nodul ated for transm ssion 26 over tel ephone |ines using
standard transm ssi on Imac¢nsdance with another embodiment of the presemti@ventiors ni ssi on
20 of the nultiple-conpressed signal is fol |l oned by

- reception of the wivenfoinn redandancynelimimtival insthgRl conmpressionr described

(DSP) 28. Deconpression 30 of the nultiple-conpressed signal is first

11 WBo¥8 c£4PBSHsed in combination with any exist_in% sgeech compression
PCT/ 1B97/ 01614 - undertaken to yie€e an estimation of the

coggressed audi o g3} fHifin in 1Y 1 achieve an improved compression rate and improved

quality in the speech output. Preferably, the elimination of wave form
redundancy is accomplished through time scale modification. Thus, T1
is time compression and InvT1 is time stretching.  T1 is the discarding
of selected similar portions of the speech wave form and InvT1 is
15 duplicating selected similar portions of the compressed speech wave
form. Similarly, T2 is the application of a speech compression
algorithm to further compress the timé scale modified signal and the

InvT2 is decompressing the multiple-compressed speech wave form.

20 | | Example
__In the T1 operation: Search the similar portion of the speech
wave form every pitch duration (roughly 10 to 15 ms); and discard the
~ similar portion of speech to get a compression in the range of 1.01:1 to

22: 1, and ideally a 2:1 compression,

12
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I's then foll owed by a deconpression 32 of the conpressed audi o signal

to yi'eld an estimation of the digital audio.signal. The dig] | O
signal | ¥AMEIPassed to a digital -to-anal og converter forl%11"%‘”(?1%9'1 '

digital-to-analog 5 conversion 34. ‘The resul ting audio
signal output 36 is comveid @@ d¢peration: Using any existing spegele comaressifund-by
conventi onal methods. I n accordance with another

enbodi nent of theal?éﬁﬂﬁﬂt (forvexdmple, GSM, G728, G721, and \dher fsimilar
redundancy elimnation in the T1 conpression described ’

above can -be usedybgrifeRd) daddhfsveVd hiulaps-coKiribised sigirtdn thenprefearsedn 10
algorithmin T2 to~achieve an inproved conpression rate and i nproved
quality in the sp Ut Qf]:ﬁ“ lthe TRsER] 1H D81t A it orm
redundancy i's acc%‘ﬁngp?%ng’%rrlg%g tiaz%emgcal esﬁl%ddﬁ?ggtrig%nqlrﬁlt,&gl

s tinme corrpre_ssign_ %Inv 1l is time stretching. T1 is the discarding

of -3el ected sinil r"g KRS ¢ he speech wave formand InvTl is 15

duplicating selected siml rtions of the conpressed speech wave
form imilarly. Tz iln His MR operrunol sihesh SoRForeBpIEc Ascogrpreain
algorithmto further conpress the tine scale nodifi Ssignal, gnd, the
InvT2 is deconpr eglgprithm e decompsess theompltiple-camppess s‘ﬁﬁaeaqdo‘? an 7o

Exanpl e In the T1 operation: Search the simlar
portion of the spestirhation of the first compressed signal. f orm every pitch duration
(roughly 10 to 15 ns); and discard the simlar portion

of speech to get a conpmdsfidadly, imtheHavTanperationi . Sehréh the similar portion

22:1, and ideally a 2:1 conpression.

1219 of the output of the InvT2 operation e®#5plich dhirathid-izid ilidaté’6)
this portion to accomplish time stretching of the compressed signal,
thereby obtaining an estimation of the original input signal.

While it may seem counter—intuitifre to combine multiple
compression algorithms when the goal is a faster compression rate with

15 high quality, the concatenation compression method of the present

| invention achieves unexpectedly good results. When combined with the
compatible hardware and signal processing equipment described herein,
a reliable, high quality signal transmission -can be obtained in a
real-time environment with low computational overhead.

20 Referring next to Fig. 3, illustrated therein is one example of’_a
time scale modification algoﬁthﬁ for compressing speech signals. The
absolute differeﬁée method illustrated in Fig. 3 uses signal sampling to
locate and dxscard small pieces of the original signal or duplicating the

same in the reverse decompression process.

13
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WO 98/ 23039

PCT/ 1 B97/ 01614 : . | " In the T2 operation: Using any °
exi sti ngwerpsasizeconpr essi on _ ~al gori t hmREWIBRREIA e GSM
Gr28,.- Gr21, and other simlar al gorithns) to achieve a

mul ti pl e- conpressed sj I ' ' ive si odi-nent ,
using a G3M as the Tzhgggu?btséﬂllt%\ B;&féghﬂée‘fgﬂ? gﬂ)(%,_ sxi%c'e%snkcb?x%%a;l salgples?ﬂb_ '

"2 = 6.75 kbits/sec. . PSRRI ' I kon: Usin
a cor esponding HECSHFFUES £ (0 duntly he absolde® Vlfie dE/e QEERALOT cos”
the mul.tipl &-conpressed signal and obt.ai,n_an. - . gl [ [
of the fi Irost cogg?%&fug‘? Hig samples, which are then summed. A defgrminatior Itlyrralt |non
~the InvTl operation: Search the simlar portion 10, of the
output of the | nofi2hejowest Gifetanes 4ol BlRde P CPBRALRAG thePRSehthe
‘this portion to acconplish tine stretching of the conpressed signal,

t har eby -obt ai ni ngbsolutestalues i H‘rlneosﬁgnarlesamp?gﬁ wath theplewest giffarence are

Wiile it may seemcounter-intuitive to conbine nultiple '

conpr essi on al gojddnfiffed decindidiscagdedl. Tlsis aesultstina comppessiomi afitheaigaali th 15
high quality, the concatenation conpression nmethod of the present

| nvention: achi ev g gy xResd R il aeatihg She e combined with the
conpati bl e hardware and signal processing equi pnent described herein,

a reliable, high qual II%/\AX? ?]t'bgggl whdeQS0H S fia? NofiRe ﬁﬁeoggagéz(r)mgdimaﬁon

real -time environnment | ow conput ati onal over head.

Ref i t. to Eidg. 3. ildus Y j :

t Emilr s 'th?g_r‘E?di ¢ ecies hmégpﬁeﬁ%%ﬁﬁﬂfe fuaFbSindrds ol W BHPAMEL o,
absol ute differen ' =i 0. ' '

| otit e and di scgltg;mr%ttl_“%gi :‘é’@@élsqtghﬁéfpge%ﬁq’itghﬁ%ﬂt_%ﬁ 3@“’%&%8?@@#28 E(r)\e

sane in the reverse deconpressi on proces

S.
found that the technique best suited for an application will depend on

the hardware used. More particularly, while the absolute difference
technique is easy to implement with a high level language such as C+ +,
the C+ + code requires too many processing cycles. The traditional

15 correlation method is much simpler when a fixed point digital signal
processor is used.

While a preferred embodiment of the invention has been
illustrated and described, it is to be understood that various changes
may be made therein without departing from the spirit and scope of the

20 invention. For instance, while a preferred tlme scale modification rati'f)_ |
_of 2:1 has been described, it is to be understood that almost any ratio
can be used, depending on the level of quality desired. For instance a
thre.e to one compression ratio will result in some loss of information.

Whether that loss is acceptable will depend on the para.méters of the

14
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PCT/ | B97/¥98%/33039 | In the absol ute dPFFEILE4 et hod,
successi ve signal sanples 40 - : are neasured 42 to quantify
t he absol ute val ugpplicatibee di f f er ence bet ween successi ve

sanpl es, which are then sumed. A determ nation ' - of the

| owest di fferencelwtadditionpdehiley ac bighalévey lafigage nguchf as @+ 45 has been

absol ute val ues. The signal sanples with the |owest difference are
identified 46 'a“ddébﬁﬁé’d'%deon;ﬁh&i_ohe%t thel -Pre%eﬁpmeﬁﬁéhqsbcaﬁsé g 1% gnal
inthe time domain without affecting the pitch. .
It is to be under - : Oty ' SnethEnieRshd Lealid :

t echni ques may beﬁgﬁgg nf E?% #g I,Fllf‘erﬂ'g%ﬂ gag?rpr esgllnon Vé ?ﬁ%&@gﬁaﬂq lr?gttﬁ om 10
the_spirit and scope, of. the sent . RAvention. wever . J.t. has been -
fouﬁd t hat the te%&ﬁ‘ca'%nwg&agﬁilpé‘ﬂhg’ ra%gﬂﬁfmaﬁo%swlf’a ‘Héﬁ%ﬁﬁt on

t he hardware used. Mre particular|y, mhllap&ﬂe absql ute di fference

techni que i s easyth@b anyJaRguage <A he Bsad g enent e, BERSERY dVeRtion: +

the G+ + code.requires too many processing cycles. The traditional 15
correl ati on' met hothuss theiséopsi efther prasent mventionisptel be limitgd enlyshythe

processor is used. Wil e a preferred enbodi nent
~of the invention daknsthatifollow. ' - il'lustrated and described, it
is to be understood that various changes may be nmade

therein without departing fromthe spirit and scope of the 20
invention. For instance, while a preferred tinme scale nodification ratio
of 2:1 has been described, it is to be understood that al nost any ratio

e e SﬂBSTlTUTE sHEET _(R_L_}_],__.E_ZZG) .



can be used, depending on the |evel-of quality desired. For instance a
three to one corrpre result in sone | oss of information.
Whet her tWaosRW3% | ﬂﬂmmmﬂ)mm depend on the par anetRSTABET/OI6HE .
14 . SUBSTI TUTE SHEET (RULE 26)
WO 98/ 23039 . ' _ -
PCT/ 1 B97/ 01614 appl i cat I on. : - In

addi ti on, while a hi glThesmbodiarmtogfahs inventisn firwhichaa ekelasive property
described in conjunction with tthe present invention because of its

preval-ent use in d@,@h@b ar€|cREMBIS Hefiddas flldwscations and in the 5
application interface, it will -be appreciated by those skilled in the art

T e T, AR R LR Rt
clains that foll Oompnsmg the steps of
receiving a digital signal from a signal source;
compressing the received digital signal to a first compressed’
- digital signal; ..

compressing the first compfeSsed digital signal to a second
compressed digital signal.

2. The method of Claim 1, wherein said step of compressing
the received digital signal cdmprises appl.ication of time scale
compression to the received digital signal. |

3. The method of Claim 2, wherein said step of compréssing
the first compressed digital signal comprises application of an audio
compression method to the first compressed digital signal.

4, _A digital signal compression and decompression process
for real-time implementation on personal computers having digital
signal processing means associated therewith, the process comprising the
steps of? _

receiving at the digital signal processing means a digital signz;l
from a signal source;

~ compressing the digital signal by ‘removing ‘wave form
redundancy to obtain a compressed dlg;taI signal; - '

-
This Sheet Has Been R,
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St LA MIIIILWIHHIIIHIHJHIIJsslon of diital sianaley the

met hod cH¥¥8P¥g the stepd of: ¢t S receiving a di gl t aPCIBRLUPION o o
si gnal source; conpr ESSI ng the received dig si gnal first
conpressed digital sigamPressng the °°mR¥6$FﬁF’é§SlF44§‘3‘WZbV W‘c%%Pg§§ed‘
digital signal to a second conpressed digital signal, wher ei n: sai d
step of conpressi aydicheompressior enathed ttathes¢cgwa1e5-°@drﬂ;gl|t@lésgttai teobiain a

modi ficati on of the received digital signal by discarding sinilar segments
sel ected from t he milgplestornprgsseid signat fomstordge asidomardsmissiom deercstandard

said step of conpressing the first conpressed digital signal conprises
application of an taggh@mg:ﬁﬁw ession nethod to the first conpressed digital
si gnal . : The nethod of Claim 1, wherein said tinme scale

nodi fi cation incl udes 3P ere?tdtoa gﬂb@l g@hg_plp%éégg ?llﬁeﬁﬁst lpiR multgle- 3.

The met hod of O aim 1, n sai time scale |cat|on|nclu

application of an abso | thm A

met hod of deconpr é:gqpﬁgs"éh@sﬁhfg‘ogio%e{g@g@ng igl signal s corrpr essed by a
met hod according to any, precedi n cl.aim sai deco ssi,on et

conpri si ng deconpr essi rﬁ}c?’é‘egfw nihet i ‘{j, ]g g§88d| yjenal @'g'nalas by
concatenating nultiple decorrpre55| on steps, | ncI udi ng an audio
deconpr essi on st egorisspending F?Q@Pr%896r$¢@§§ée %l?t@WaFn estimation of thg ¢ ne

"scal e nodification step that duplicates signal segnents in the first
compressed signal; and,

decompressing estimation of the compressed audio signal by
inserting wave form redundancies in the compressed audio signal to
obtain a real time estimation of the original digital audio signal
generated from the signal source.

5. | The process of Claim 4, wherein said step of compressing
the digital signal comprises application of time scale compression to the
| digital signal.

6.  The process .of Claim 5, wherein the time scale
compression includes a correlation compression algorithm.

7. The method of Claim S5, wherein the time scale
compression includes an absolute difference algorithm. .

8. A method of modifying digitized signals for
communication. among personal computers having a digital signal
processor associatgd- therewith, the method comprising the step of

modifying original digitized signals received in the digital signal

17
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deconpressed digital signal ai d_di scarded signal segnents,

t hereby to achieve. accurate MM@hEﬁi MMl on of the original digital *
si gnal s. w0 98/23039 5. The oo , Wherei n saPOTARIT®1IEBaAl e
nodi fication step includes application of a correlation algorithm

16 " pfocessor Tioen aBighabsorcé bpiconchtendting ehiltiphy Gofnpissfoa! 6
nodi fication step includes application of an absolute value difference

algorithm - methods to athiév@ialIdlv it 9ave! confitessed sigaal.and deconpr essi on
process for real-time inplenmentation on personal conputers having digital

signal processing meang Assprd dldiflod BECRA B whBRiPLARSIS SO0 1 he

st eps of: receiving at a first digital signal processing s a

oy b o St o G Ry S Bficasmtine, SRERRES 0GR bl °' o
conpressed digital signals; tr.ansm'ht%én%othe mul {i pl e conpressed

digital signals otUPPLtesifry SOTRIGHRIGMR: Mt ncatenateq cWith; 1 §econd a
'second digital signal processing nmeans, the multiple-conpressed digital
signals from the ¢tUNRIsRvAR Mot ; ~and deconpressing the

mul ti pl e-conpressed signal with a deconpression nmethod according to any one

of dainms 4 to 6 to oblkin The exthed of (dain Fawhereinsaidhfirsocomipnessiodi gi t al -

= o]

signal generated fromthe signal source. 8. Digital signal
conpressi on apparmetlibdC @omprisés'gime  scale coORPISssiony thfiC eémbves dckc@id: al -
signal froma signal source; . means for conpressing the received

digital signal tOsedrdentsbt m@rmgﬁ@é&ngﬁhBitb?é1irﬁF%8§ig‘rlaf?édun ancy, Means for

conpressing the first conpressed digital signal to a second conpressed

digital signal, whereify  rne Heffla"BRNEIiA 160N Bahd! Bind Sgleved

digital signal conprises tine sc modi T cati oh neans oper 0 discard

i gnal T edundancy oapta:n Hey el TERSF Sp ot bR ot
conpressed digital sig Legggr%rlh?&%égﬁa?ngﬁéﬁ;#&pg%w . gmnda%gileo scoe ression

nethod to the first co

17
compression includes an absolute value difference algorithm.

13.  The method of Claim 10, comprising the further step of
modifying multiple compressed digitized signals received in a digital
signal processor by concatenating multiple decompression methods to

achieve accurate real-time estimation of the original digitized sigjals.

14. The method of Claim 13, wherein said step of
decbmpressing the ‘multiple compressed digitized signals by
concatenating multiple compression methods comprises a first
decompression method concatenated with a second decompression
method.

15.  The method of Claim 14, wherein said first decompression

18

LT

“This Sheet Has Been Replaced h

SUBSTITUTE SHEET (RULE % S S:cEPELTAg?DS P




9. . The apparatus -of C ai j gyt i ne scal e nodification neans
is confi %bired tg apply a coﬂﬂnmﬂummnmﬂﬂm #p 9%?614 _
appar at us*3P¥E% m 8, "wherein*safd timMe S$cafe nodificatio PR L/018 o
configured to apply, an absol ute value difference, al gorithm ) 11.
Digital signal deaethpfecamprisesplimeascrle dsAPMPESSHIn sinpefts [duplicateng. -

mul tiple conpressed digital signals conpressed by apparatus according to

any one of d ai mselpcted signal sagmentsdntoathesqompresseddigipieed siganlsappar at us
conprising nmeans for concatenating multiple deconpression steps, including:
audi o deconpressi on ndéns &fher ahéthod oofif@iaim aibS,a sdieoeide saidp tiess i soalenet hod

to forma first deconpressed signal; and time scale nodification

nmeans oper abl e t QogijiRbistcit Bichidesal correakat _6orhprds§iﬁnfailg<ﬁ'lthﬂﬁconpr essed
digital signal to replace said discarded signal segnments, thereby to

achi eve accurate real -f= ne I HBLAN of T o1k i g - dight i Is.

12. The appar at us of17|CI ai'%]%tl , \/\Bgrglpndé]%?dfgt'i angg?;é(%l gﬁﬁog'lhﬁgég%l?on nmeans
is configured to ap c [ ' . . The
apparatus of d ai%?@ff\éss\?ﬂ?er eclfugfeg;alh tsﬁﬂrlrl‘gé)gécﬂége%frfr%r&flﬁ 81§[°Fc})lgm'rreans IS
configured to apply .anj,absqlute val ue differencg al qorithm., 14.
The apparatus of any glﬁe oﬂT@ aPﬁg‘th‘gf 1@3 etei ﬁ'g‘teﬁ%mam af$f%onpri ses
si gnal processing neans, A cQnputer conpri SI;OE the -

15. _
appar at us accor dicRgPression method,somprisesangaudio compression met The -

conputer of Claim15, conprising apparatus according to any one of Cains 8
to 10 and apparatus ad@or diThe troethad ofieClaimCi8ai wherkin t said 3time scale
18 )

compression includes a correlation compression algorithm.,

20. The method of Claim 18, wherein said time Scale

compression includes an absolute value difference algorithm.
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