Titl e PACKET BASED COVMUNI CATI ONS Technical Field This
invention is applicable to packet based, rate limted
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di gital comuni cations systens. These conmmuni cati ons
networ ks concurrently carry tinme-critical traffic,
such as voice or nultinedia, &and non tinecritical
traffic, such as generic data traffic, between two or

& communi cation end points. The conmunication end
pol nts may be connected through a nunber of
het er ogenous nepweIST BAGHNEORMAUNICAEONY oughput
characteristics nmay vary over tine. A first aspect of
the invention concerns a nmethod for generating
ackstit:A . Fi¢ld ot her aspects the invention concerns a
conputer systemfor use in packet based
comuni cations, a conputer protocol for packet based
Ebisrinventian iscapplicabde o proketbasahrito imited ckdo linldg chgr sswattllite or
festibPbgreREs H&ﬁala&ﬁmﬂ Atk Ao %§&?m§0|’f"ﬁ'é§lé CdthinPRRations networks
systens_transnit a, conbi nati on timecritica )
eonerrreRtly saay digne-eritivel deffic, sueh e apidecommulizedia,imdopon time-

Ot @1 GQRTY) RBh&Rhd SéhefB HaROirdYEiS; b@cﬁ’@eﬂ: tWo of mof&@ommunication end
and non tine-critical traffi

t tical
BT o O B RISt g e Cormgrted (Afadeh 2 mmber of
hétero«gams wieererks nheé e endrotnd dirogdiput chdreqbddtics andy vary over
er o] i- I: t | P,
R0 A TSC B URHER AR Sohldh b iRl fr' ARGRANE phblcts. 1n
@l@gt @snests thet HlVPIFthiﬁaGRmemSaa ecomtbrtﬁystenarf@nuse vipaeket based

@aﬁm@lﬁlffcan&ﬁsrae% n‘fﬁie}‘ proffedl et %@i&tpﬁ&é@at frﬁﬂﬁhﬁaua{s and a
payl oad and head er see Fig. 2. The paylo

8‘3% Pﬁ%tl‘ﬁﬁpﬂaf’l@étl on data, which may be ei t her
time-critical or non tinme-critical data, and a header.
'#hek hea{dkg%{gener ally contains information relating to
AetEiar | ayer and hi gher | ayer functions, such as
originating point, destination end point, paraneters

§ﬁ@E @Ft‘ﬂ@ art PAbE: 'b%&ed ddo?ﬁ}rg?ﬁnﬂ%/‘atfggﬁ @?srt]erflé H@ns‘ﬁ{lf L 'cSﬁl&nnatl?n of time-

traffic is generate uous ahna
aiferat frafliss AR SOR AR FTIGBb o 1t GRIVPOR BT B 6gmmumcatlon end

PEMB] SdFiRY 12 THeCHAGBANE aRB®SE time-critical traffic are combined at the
network packet level. For example, in the case where Internet Protocol (IP) telephony

and generic data communications traffic share the same IP infrastructure, dedicated
voice IP packets and dedicated data IP packets are used to transmit voice and data
respectively.

Each network packet consist of a payload and a header; see Fig. 2. The payload
contains application data, which may be either time-critical or non time-critical data,
and a header. The header generally contains information relating to the network layer
and higher layer functions, such as originating point, destination end point, parameters
and other material.

In many cases, time-critical traffic is generated from a continuous analog signal.
Speech for instance is converted into an analog waveform by a microphone.  These
waveforms are digitised by an analogue to digital (A/D) converter and then encoded by

a voice codec (coder/decoder) into (voice) data frames. Each voice data frame consists



wavefornms are digitised by an anal ogue to digital
(AJO converter and then encoded by a voi ce codec

W@ cawdarssdecoder) into (voice) data frames. EacPCUaUR®7/000482
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data franme consi stsof a specified nunber of bits
representing the relevant characteristics of the voice
frames. For the majority of vdice codecs the data
frarre time duration is constant. A header containing a

ge spgctzl 13@ @anﬁ)eg iof gq?tger\%g?eg@%!glgr gre]:pggetngegh%gag?e?lsngs of the voice
fraﬂll§ nF éritkeimajogity bheoitd cddecsthe daa fripdestin® deRtid@isconstant.
frames can be concatenated into a single network
packet. Where two or nore voice streans are to be
Ar herdlai cantadniog ertimdgtampifE) is iadded tolad thodae fihmasesse Ein 3.
be conbined by nultiplexing into the one network

acket. In the exanple shown in Fig. 4, two streans of
% Singla yoipe sHgpm i peingifrnpitias eeryfhe flink, one or more voice data

frabd Bz!u?bé RendateabRd rlﬁﬁoea ging fé%eftwéﬂkepa‘é{%&e C\éf&ﬁegigvc{j a:: fore voice
-Tr ea al.So e adde 0

BT [ PEU LAY OF saneirhy Dheeoicd Bt Ghiorgpmbined by

Hmlltqﬂemmgmhaﬁled)ne netiwoek padckee bvihe ekahple sRbwRRirOFi@C|two streams

iﬁ%%s haﬁ%ﬁ%ﬁhé a%aﬁxéﬁt!}g%gﬁ hTé Hﬁlt];[}%gflg %ra ?]tgta? ﬁgllf the codec
pme fratet APnetadiashe tlEm)g haades éMEb onaycdbs be raéd@d tothgdueltiplexed

bt Ao friRbexed packets to result in the packet
structure shown in Fig. 5. It wll be understood that

it is necessary to transmt voice packets at close to
Imele@bdxe}CS(ﬂllitm bgsdemaht Voideatver Infdrae, Profoesi (QifofIP)Ccto@Iﬁﬁ)only use

B8 8 TS B i B s BERSE AL SelT Ee
IIFEmQIJDFTOm@dl PP Abasteprommylsbae @lsosalded torthd andjgriexeldgrackets to
Ll ln&h@%ﬁglgett sﬁ@éﬂu%%ﬁ wﬁ‘%n 91%%5 0 %vdﬁ Pg hitddr§told ﬁfagn_mnecessary

ratio O pac ket over ransm ssi on
fonEprsmdt éﬁ’@? nagkedss gbelosg Ity the B‘P‘B’-’@I &ame @endratingrate.r ghleo, when

e Giod ﬁ@db‘és Gﬁﬁlﬁb@@' that cfﬁ?ﬁ@c FNEla RSB lagié @rﬁgﬁnttcﬁ“ data per single
over ef fi ro usi

FUsy ?mg,otﬁ}ﬁ ﬂ?]?}d_‘é#g eﬁﬁi[ll qﬂf@ée e H?ég faner lalgger than the
Bo pamalat payloauh e;trsoh pssuhttherarie acloigh eamcedf lpytclaat weihesd ef payload
Fﬁisﬁﬁ&ﬂﬁpous hiil) \Aﬁ{eﬁ?cler}cgt iPa %E&%ﬁl HW rogleem {3r lovsf h%lt rate

raverse routing equi PIPg ek a
ﬁ@nm@mmmwa@wbmnhbaders to determ ne the desti nati on,
origin and possibly other information included in

tandard network headers. Unl ess espeC|aIIy equi p

rpﬁ SYSRIS e Y Ecerae Srtvediend e HeiRng Rf@?le{lh‘@y usmg header
comipressgpore@C)oehniquet. Winatthdsy@bdemufich@teddints are connected

f) faorrugrr%{) o0 hgterto%gncﬁl%crlfegwgrk\éh I‘df:ehpackets will need to traverse routing
equipment, which needs to examine the network packet headers to determine the
destination, origin and possibly other information included in standard network
headers. Unless especially equipped with the appropriate decompression technology
the routing equipment will not be able to read the information in the packets which
have compressed headers, and this will prevent those packets from reaching their
destination. Consequently this solution to the overhead inefficiency problem requires
all the network routing equipment to have the same HC implementation [1].



have conpressed headers, and this will prevent those
packets fromreaching their destination. Consequently

wo biog/1345But i on to the overhead inefficiency prpdl/aneo07/000482
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requires all the network routing equi pnent to have the
same HC i npl enmentation [I].An alternative proposal for
overcoming the overhead efficlency problemis to
mul ti pl ex several voice sessions into one stream or

ncluyde nultiple frames from | e conversation
{&Hta elalag%@p@o%fwwc RS OYe eqdaftf?i@renwrﬁglﬁm is to multiplex
se@stal tvdide NbebARSCRRE Bne 8fréadh,i GNtol clude malelkiple ﬁﬁméth&om a single

ERSOHED, Y BT bR PRI BLRRELRN b s
vegtabion kn jliet deday, ofathd redeived ﬂ@whstcfeﬁnd:sh(erlpag deoinv ea:hdqmadiela}gs in the

QlentRite Qt\xlol?k;}fd &%2 Ted f))/aQE(etG . Blit?&‘l:n ﬁ{l aﬁ‘ﬁsa%cﬂlces the

a state o the et s ans
REGRIVed quabityeel veieenndP selephenya packet net wor K. The
probl ems descrlbed above are all exacerbated when non

i crit dat a transm tted al g
Ysp 15&&?&8? diafiii of Rustals PF Mottt datig: ﬁeéa}ersf 'ggﬁ%%natt@@ several
Yoicemlmndélgbvala moketaetwdrtkch produces a stream of bits.

The streamof bits is then divided into packet

%I oads having a specified size or range of sizes.
Pisalansadeseribed dbove dietadl prackbeted ivdieg eonrtinhd-griticat date is to be

'@rﬁlﬁﬁnfté@al@ﬁ‘%’ 'W%d\/@EPZ}ﬁcﬁéts VRiof Qrm@&rlt%ah gétatrhéspbégéﬁ&aﬁ@d from a

as, | ustr at ed

ﬁﬁ@ugqsewhl?}hmdacew FrRamsq z@tSOfThew@eﬁacq@ets e figa divided into

lba&;lteﬂ Pes/1ddde hadiRg .a s\ﬂeelmiea Qizeorabfigdlat szl eThe piasad é@@l for data
par at e ets riorit ueui n

p SRR Gl S D FSTHeRIRY B o v st g Btical dat

eavptioyas iHugtratedrin tFyg. BufHewvevieh as carebeasemsn Ergnl 7 sheogiesof the packet

Ragkets, transm ssion. At pre-determ ned
regul ar a?l\r%?féetrévaa S the buffer outputs packets to the

transm ssion interface, and because it gives priority
Wheh h@ldéodrﬁedal@eﬁﬁi%eﬁﬁlshh@&ﬁlnaieﬁaﬁ%ﬁe%ﬂ@f)&k%ﬁeprﬁﬁftﬁ queuing is

'%\?aktsg%w Le14q émﬁ]: P&\ﬁ]‘ie 0. B fr;‘/)gllﬁ}?\eﬂ}l lﬁgg%%/[sd%ﬁ)gorlty buffer that
paciket and dtimee parketschwaiting trirgmidsion. per prodiztertredacglasintervals

t@l@%lﬁ?ﬂer bli{ﬂ?tg lpg&?#sr t%rh?éncrgﬁs?ﬂ si e%ﬁter?acg,tatne 33%‘6216 tsg 1t gly]es priority to

enterin er canno ansm

e wp@nmad@tsdhm@senhhsfofq the §aieqbad®tmg transm t t ed.

This is a second source of jitter, called transm ssion
related to the data (netvvork) packet size_and

itter,
‘{*hé H1na AN BRICE IPRFAIGS disedthilatifie theanti Qriih hyier Ayill output data
pdckéter Hewauet, dusindeherimegsdiddy wHva draath Pabket is being transmitted,

new voice packets entering the buffer cannot be transmitted until the current data
packet has finished being transmitted. This is a second source of jitter, called
transmission jitter, related to the data (network) packet size and the transmission (link)
speed. The maximum overall jitter amount is determined by the maximum

transmission jitter plus the packet network jitter J,. The maximum jitter J,,q, is:
Jnax = maximum network (data) packet size/Link speed + J,,

The maximum transmission jitter can be reduced by reducing the maximum data

payload, and in state of the art systems this is achieved by packet segmentation, see for



transm ssion jitter plus the packet network jitter J
n. The maximumjitter Jmax is: Jmax = maxi mum net wor k

W@ daway4spacket size/Link speed + J n The naxi nBOT/AU2007/000482
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transmission jitter can be reduced by reducing the
maxi mum data payload, and in state of the art systens
this is achieved by packet se‘@ment ation, see
forexanple [4], as illustrated in Fig. 8. 1In any event

t he ckets s ot exceed the | argest
e L1 BARELE TERt | Rty o eRt B oo rar PG tagpyst mgt exceed
t}anaighﬁ philswetl am I(ﬂnteﬁs‘uﬁgl, in Iblytmb that thh @etviork fapable of transmitting,

eeiturk umble
EERR 0 Byt buahaffiton PRl "ana 1's used Tor

transmtting CI rcwt swi tched bearers over digital

Tirﬂé‘?f)l{n%lo-n Mult‘q@e)g %(‘TBM oPEUIPEd GRothEC %Hﬁlﬂgé’ a&@aig used for

ext en S VOI ce ata clrculits across
GRERiEg detiioriishedbraers Queesligitl Yiaks $2k u},ttlaraemngt emulation

wehto@nthatigttandsvaigs vitbd oh dhiaroictiiieaday! paaldetqﬁmch@d h&tworks.

ﬁg’?\i?@ ﬁlégspgﬁm{ sgxalc%re P YhOllﬁéfPiIPCf &35 gc %gﬁ’mfy%ft (l)oad of the

IhpaittisoTherefaef dack 1P asgket tonsistseofi meantman ensapaulaueﬂ fdd(or T1)
%gmggneratl ng packets for transm ssion over a packet
ased conmuni cations network, the nethod conpri si ng
the steps of: Determning a "tinme slice" packet size

Sammdrporkhdinvergssl and the interval of time extending
between the tines at which packets are selected for

output froma buffer to the transm ssion interface.
I efitst agpeet, ﬂﬁtlmnkloﬁ Mﬁbtﬁoﬂ@lﬁlgéﬂéiﬁtﬁig mickéts mtt’ahkmiss'ﬂh over a

h
PR EREL T S E B Beh it FetBnl i e v BRGHT <
of t Héet@mmremgra ttimeslide’ azaebetam ﬁrm the hikk §pwdand11he nnterval of

A6dicRGnHRAB bR Bd dh&al aﬁﬂﬂﬁpagzgetg e sréfeg%r%r #t%orh b buffer

iIts size had not exceede term ne t1rme
948k Bansgpissdon EETACRy ent i on conbi nes the tine-critical

and rORafing@enéviotl p@kettﬁcﬁﬁ ffilagnes bf ﬁﬁa@&ritlﬁaltcﬁ@a g@@rﬁted during the

BRI Bl BN REE o S g B s o
ok eatidatfeamesaed ﬁtﬁinﬂq speekritical data, nmay be a data
St r eafﬁeggﬂgcﬁﬁ%%h ”cﬂn{‘ 8{&{&;’1 ‘Ha&a&k&l‘e &%&@Jcﬁgﬁqf(lﬁuﬁﬁe had not

or an
g)@quieél the determined "time slice" packet size.

The invention combines the time-critical and non time-critical traffic streams in the

same payload below the network packet level, and before forming IP packets.
The time-critical data may be voice data.

The non time-critical data, may be a data stream, an existing network packet data

stream (such as), website or email traffic, or any other data source.

The packet based communications system may be a computer network that includes a

" transmission link that is via a satellite or some other rate limited radio channel.

The packets may be Internet Protocol (IP) packets.



The packet based conmuni cati ons system may be a
conputer network that includes a transm ssion |ink

WO bat/12453Vi a a satellite or sonme other rate |iPCT/at2007/000482
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radi o channel. The packets may be Internet Protoco

(1 P) packets.Since the invention conbines the

time-critical and non tine-cr¥tical traffic prior to
including this traffic in the network packet payl oad,

it increases the payload to header ratio. The "tine

slice" packet size may be cal culated froma running

ﬂiﬁaﬂ thd 1ﬁd&ﬁtl§ﬂ3 e6fbiks tthe tlhfeadiﬁiﬂihls SﬂcD RoB ftindatiti @t taskc prior to

h nk
IS e AR B o B e S AR RO B hson o8 beglosg to header

nﬂy be dynam cal ly adjusted to current network

conditions Alternatively the tine slice may be

esti mat ed redi ctive techni que which may include

%he %t@a%&leo@" @@?ﬁ@ flanmay pesalcplsteddFqm paamniag mepwp AT the speed of the

trh WSS ¢f§@ka SOCRTYRY f&%bﬂ(&tﬁ@é%htﬁb S0 Eﬁ‘(% pélh@r(bf mﬂegiaeed) and
accor Lo rjori gueue e Inv n

a2 feﬁgl't g@ émeengi%gf packe éﬂﬁ/m&" bﬁél %ustecﬁ to current network
tormditians i tAlearhativehf fthectifrestioe asay bPedt@hatghbns) predicties te@hnique

QLK%ﬁﬁgﬁmﬁgdggﬁgﬁggﬁkmﬁﬁﬁgg to payload ratio. In

i'pl e i nput streans of
time-critical traffic (such as, conbining a nunber of

YRE GEn&OANGN SAd QB8R fifelcRtiEA! @&Hﬂﬂﬁl)catléﬂlerﬂ VeRbi B prioritised -
al so decreases the jitter, that 1s the variation in

?qﬁ’@rdd’égfé’;ﬂ?ff"rtt}‘léu‘?uécel ved time critical traffic. The
i nvention al so provides an end-to-end systemwhich is

anspar.ent 1 ny. st and r nt er
%ﬁe ﬁl%\%né l?q(e‘ﬁ 18(&'u?sie ege ﬁegrli A oﬂag:l'i(etoﬁasgaq{rgencntlcal traffic
tsachhan D tplephonyyen ammsIoémeesuemftplaelseehpaﬂentcspaykadaatlo
result the invention is easy to inplenment when
conpared to vari ous header conpreSS|on t echnol ogi es,

I systerpsa whigh. cerabing; mwlbinle Hpyt ctieavee of tine-eratiab tiadid (such as,

&ﬁﬂblﬁﬁi@nﬁ r{u@nl@r d@v616@¢oﬁ%fmti%§§ af lil"e@éjéidho?y) the invention also
i nvent

st abe Bk st 2 i Btioht B ekt e Tepsige bR stidea ratic

a packet based communi cati ons system wherein: "Tine

Spee dﬁgc; %ﬁkfﬁgs Izu?] telg% \rt)ogF%cP ?S; teYn gf?ﬁc ' g‘ﬁggﬁ)aﬁe@?% lug? standard
tnlﬁﬁéme figtesnegworkhradits gad kdiich I@qelr@eloe@idet@brfab pr @Lstmttechnology to
b¢ aRipbRUIH Blesd Bofnbte Wsazn%yuﬁsthé’ '?nx}e'ﬂh@ﬁ fi@G8sy Wirﬁﬁ@x‘ﬁent when

packets are constructed from franmes of tinme-critical
epIneAreh b yariqug header compression technologies, as it can be used without any

changes in the network equipment (e.g. to read compressed header information).

In another aspect, the invention provides a computer system for transmitting packets on
a packet based communications system, wherein:

"Time slice" packet size is dynamically determined from the link speed and the
interval of time extending between the times at which packets are selected for output
from a buffer to the transmission interface.

Network packets are constructed from frames of time-critical data generated
during the interval, where the packets are synchronised to both existing timing

requirements of the time-critical frames and the link speed. Then,



during the interval, where the packets are
synchroni sed to both existing timng requirenents of

w0 b@7tiz4set critical franes and the |ink speed. FOEADZ®M000482
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time-critical data is added to the network packet if

its size had not exceeded the determ ned "tine slice"
packet size. In a further aspect, the invention is
comput er software for generating packets for

transm ssi on Qn cket .based co ni catj.on tem

25 GRITIBEE-BY (% et M0 o 0 oD BB 1 Fypigeciad not exceeded
fhe [derehings pagik slitd 1 @atltet eizé. on is a communi cations

packet generated by the nethod, where the packet

contains both tine-critical and non tine-critical

bhat afurtiere aspeviethé danventiom es icgmeudtef coftwere far gamesttingrpackets for
packet. ' onti ' : : N
BOSHEAOP U il S S SR GELERAR by the et
dspEbahrbolitie to other traffic sharing one or nore of

the transm ssion |inks that conprise the end to end

onnection. The jnvention yay inprove throughput b
Fodtic fHTHieF REPSE1 BEL MEFIHIORCIS oY PRI ALSTY PRFKS! f3°BRRpted by the
methatlj whéry thegpagketdantaing dotaiméredtes] and hactimpatitieal daent
can contain both tine critical and non-tine critical
data. The invention may also reduce jitter tine, .
Ths unventign fig odesighed Jpeage on hungs 01 prokepieds, Vot meg continuous,
%&%ﬁﬁbm@fs's%«:ﬁ]@, wihdré'afel 28 18RAd BHBAHpRALs Not SHARMSR Hue to other

1
uring a session. This inprovenent 15 particularly
tedific siharing o T Jpesetfc Bedfansussionolinkes that gomarisg die end to end
Nometfdnt TRl indaditeont rARSIAPESTO thré@hpal $9 Rauding ethé Whfeedof the

if fi i.tical d I
R Y N N g ——

¢atajn bolrttng critpcatieddaymn-Sme brisal dathel | ite |inks. Bri ef
Description of the Drawi ngs The background art is
described wth reference to the foll ow ng draw n

s, in
Tbg Epyentmnymay ajsg rgdusegitter Himegreanltiog feom tha eed of %@ liglg, which
fj&i{bk eﬁfoxﬁaeﬁtﬁgt_i&f) 'EE{THﬁ'haﬁﬁgli é?lﬁidﬁﬁ%k tnly- ct:}ﬁhgetzs durirfe @ sesséon. This
i agram show ng e networ k packet “structure, Fi
T SRerd SR e i R B SHo e i tip dileys
di agram showi ng a nul ti pl exed voi ce coded frane. Fig.

]gf)frl%g?ﬁeﬁg(?a% GUINIART Lo a %tgg){rherguap%gf § Iiﬁl%ncgitical data becomes

available for transmission; which is also important where there are long round trip

delays such as satellite links.

Brief Description of the Drawings

The background art is described with reference to the following drawings, in which:

Fig. 1 is a block diagram of a state of the art packet based communications
network.

Fig. 2 is a diagram showing the network packet structure.

Fig. 3 is a diagram showing voice codec frames.

Fig. 4 is a diagram showing a multiplexed voice coded frame.

Fig. 5 is a diagram showing a network packet frame structure.

Fig. 6 is a flow chart showing state of the art IP telephony.

Fig. 7 is a diagram showing network packets for voice and data traffic.



Fig. 6 is a flow chart showing state of the art IP
tel ephony. Fig. 7 is a diagram showi ng network packets

wo evo7més8e and data traffic.Fig. 8 is a di agr anCT/AU2007/000482

illustrating segnentation applied to data packets

bi gger than the maxi nrumtransm ssion unit (MIU). An
exanpl e of the invention wll7 now be described with
reference to the acconpanyi ng drawi ngs, in which: Fig.
9is ice"

howi 16 S g o) flugiotE skenedeyorutied tpigs Paskefebigger than

' thie agrxdmunl ttansroisaibh ngit (MIK)speed. Fig. 12 is a
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flowchart of packet payload filling. Fig. 13 is a
diagramillustrating r|or|t queuing. Fig. 14 is a
Angxemple of the invention ki amwéie epcribedtwithereddrpmrns to ghyesacepmpanying

fa@ingdDinGAich:s a di agram of a point to point
comTu |cat|cn)££fs system. and Fig. 15(b) is a diagram of

a poilfig 118 4ARFFB S At TS IHERMI cati ons system Best

I\/bdeSF@flOtlhe didgvﬁﬂtsthan@ "flﬂlb%ll@é('qj'ﬁbk@ sictiee t he
tinme s defined to be the

conc f. C

I eci SPE clglls8fhatgﬁaénﬁlz%s\txﬁ? ﬁpg?&t ransm ssi on rate.

The "Hig.nte is kiflos/chaitipfipachet paylodd fidlmaient on t he nunber
of [ f %?A‘r& ted by a voice

((:ZadecFl%Slquﬁa d lﬁdg%tl d?ﬁy%%{ﬁﬁ% ice duration Ts\

- n g cléaétﬁ%%npf arﬁﬁtwv@ﬂépaﬂl%w himezslice] systes).i ce
packeftl A 55(??5@@‘@@%{1 018 pdift apéint B&ththuhiddBoks! éystedidlland Fig.

C tical (data roduced during a
ﬁ(ﬁ)rfﬁ aﬂ”fg&m(’ ﬁlpﬂglmgo h@g}ntc Bl H‘gnssglyﬁt@’é" packet s
are synchroni sed with both the existing timng of the

%%sg?g&%etslo‘f erasr)émgglﬁ cations, that is the voice (audio)

uration; and with the |ink speed,
that is the available end to end comruni cati on speed

ﬁieih\l!e@ﬁarﬁ}klg W¥Qs€ QHgnéBh@e@f '09% efidle RELO %hldﬁslsa?é:fﬁl%ﬂl fo be the

ﬂ?fggm"tlmssme acket size can be cal cul ated
rFF‘BFﬁca © BPLWOEK PARKRITanginission Ipfenk speed * Time slice
Ther &trh© slicEh Qlu ettioﬁﬁs ﬁbp@ﬁentnﬁlcﬂﬁetnuﬁ@‘ér fn) OfrwbideUfi@mes that can be
ge%%%{ rg ned get WO{ " ackiat ,,st ructure, and

€ byavm e co éc during the "timé slic

Time slice duration T = n * voice codec time frame duration.

A "time slice" packet is assembled from the data, both time-critical (voice) and non
time-critical (data) produced during a "time slice", plus a header.

The "time slice" packets are synchronised with both the existing timing of the time-
critical communications, that is the voice (audio) codec time frame duration; and, with
the link speed, that is the available end to end communication speed between the two
communication end points. As a result the optimum "time slice" packet size can be
calculated from:

Time slice packet size = link speed * Time slice duration

The "time slice" packet has a structure determined by the network packet structure, and
it will generally consist of a payload and a header, as depicted in Fig. 2. Since the
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it wll generally consist of a payload and a header
as depicted in Fig. 2. Since theheader size is

w@emwenaisBy pre-determ ned, the size of the "tiPE€/AUR®000482

packet payl oad can be easily calculated by: Tine slice
packet payload size = Tinme slice packet size - header
size The size of the "time sl§ ce" packet payl oad that
is to be assenbled in any "tine slice" is calcul ated

fromthe equatjons above, and if this is gregter than
Re96CT 90 isangaibE Preriyiosh fhevsive ojhe e Ahesd nckat Rgyioad can

bdeasily caleulated &g, then data traffic can be added to

t he payl oad of the packet. An exanple of the "tine
slice" calculations is presented bel ow, given the

f ol | owTimge Pizagiatkes paplostbiizee= drde gliderpanket dize atficader=siz20
ns Voi ce codec franme produces 15 bytes of data Tine
slice duration = 40 ns Current average |ink speed =

Poosirwet the "tierslies ipeekep nevlead thptis tebgepembleddn any tigpe slice” is
oydegedirbinshe s%LyaﬁoﬂsSQ%vbyénasf t_ﬁt'i:seirs Bredke? tﬂegl thé pay1bangRefated by
voi ce conversations. Sipce each Vvoice, co roduc

a5 o, Y G0F BT O B, R 1 (90 Gt G GO BF e o the
paytbad ofithepagkétce of 40 nms, there are calculated to be
equal s 300 bytes of voice per payload. The Tine slice
packet size is 1000 bytes, hence there is 700 bytes of .
An zxpmipleeofsthadéinfeoslicdacalcilationssis fresgnted behomsgisen the following
&hAMmhs: Where there are two parallel voice

communi.cations 20 and 22 and a data conmuni cati on
st r eafRioucqdse frameidygationiw@'mse. The voi ce codec frames

are gesies edded faneprédices Diipfed 6F ddfe Usual nmanner and

are cked into.a "tjnme slice" packet. In this case

t he gﬁﬁﬁﬁﬁ“ﬁﬂ"@ﬁ?ﬁ_ﬁbgﬁlthe voi ce codec franes is not
suf f i@ireent atepadei link speed-h20&kkit/k abl e payl oad in the

"t merslelshge ,=ﬁ(mb d m t he data stream
24 islg%go&yﬁgggﬁg% t he J?ﬁneﬂgpﬁﬁég packet. The

cont ALY siFe ig heOGdeA ting “time slice" packet is shown

i N Fitherelfe 17 bRAGtahSoud voideThnyidtdnf.r ame 40 fromthe

'hfr:%éea\cllgl \(f:oelcec %o ecmp(%cz;1 ulc(e)sn 1vg tbr}]l‘celst %erh ‘%d%{s Za’mez:1 vsszﬁﬁo{](gj voice
conversations and a Time slice of 40 ms, there are calculated to be equals 300 bytes of
voice per payload. The Time slice packet size is 1000 bytes, hence there is 700 bytes
of available space for data frames.

Fig. 9 shows an example where there are two parallel voice communications 20 and 22
and a data communication stream 24 in a "time slice" 26. The voice codec frames are
generated from the codec in the usual manner and are packed into a "time slice" packet.
In this case the amount of data from the voice codec frames is not sufficient to fill in
the available payload in the "time slice" packet, and so data from the data stream 24 is
also added to the "time slice" packet.

The contents of the resulting "time slice" packet is shown in Fig. 10. There is a first
voice frame 40 from the first voice communication with its header 42, a second voice
frame 44 from the second voice communication with its header 46, and part 48 of the
data stream 24 with its header 50. The headers 42, 46 and 50 contain information

which allows the separation and identification of the voice and data information.
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frame 44 fromthe second voice communication with its
header 46, and part 48 of the data stream24 with its

woemdae4sd30. The headers 42, 46 and 50 cont ai n PCT/AU2007/000482

i nformati on which allows the separation and

identification of the voice and data information.In

Fig. 10, the "tine slice" padket could be transnitted

as a network packet with a payl oad consisting of

addi tional sub-framng information bits and a tine

stanp. If it were a network packet it would al so

IinnlElkgu de, the nﬁiﬂ&ili@eb@@&&t cohalddsy trﬁr&mlttéd as Auldtwerlksgacket with a

R o B, ST Eh B SRR bl B85 10

wgen rtemoﬂcrpaﬂ{atdwcnwaleé 1ucme@tm3v01ﬂisaeclsﬁt h%ﬁeﬂl ng to

Fig. 11, the link speed between two comunication end
oints A and B can be estinmated provided the

lgmm-ew iPapked hasedgiopmaunjfationy pystean the, Help ﬁlefﬁfi obtainsddetween

twoosﬂﬂqao@dts tseva@iramée@b@dhﬁ u}SdH_i‘théJl’ﬂﬂaﬁﬁf Radl of t}@cdthdrfdsam Refemng

B e Tk {wﬁﬁve\%ﬁ {8y SR AL ORL PG AP S can be

dfstlﬁmmdl mevided tHehenimeniedtioni emed pdintofvill hﬁh@'aayhérlromee \ewahclocks

(Erhl?e g&‘g‘e&gh rH) %héo‘l}ﬁ{'\gjerﬁl %ﬂﬂ:kb@iogr? Bh%&%qk tlL%j tIfcﬁ' ap niee qf each

es u
@mmetim prcket tnlthdleﬁi akiing stanpawhichl isoneerted; bﬂforﬁﬁmnmlon the

el 4ifle Ar &F ﬂfé I?Adk&ebéiﬁegrﬂhesérﬁepémﬁtA(éﬁﬁ ﬂ_'(ﬂﬁ bRl 8&Red. The
packet S| ze novi ng aver

"tlﬁ%%ﬂsce oPaC%(ﬁte“?q Wlsgd@@wnné’;ﬁ oiESh P G R the link
g‘p@édmnoﬁgr every instance (k) of the calculated link
speed, an average link speed is cal cul ated based on

the i previous link speed instances. Average link

speed fKj Airdrspe AR fit/sle ebimielslité padked siel/idtk speed

[ k] - Li nk speed,.[ : o7l Iy r val ue

whi ch needs to gor Zii’éfgl%)ltle tcgettsﬁg?{’}g?ﬁ]ab(?/legﬁy of the

i nk speed of the network. Fromthe running nean a

SORdvift & drag et(ﬂﬁﬂﬁt%jmeéﬂ I tid 1|11ﬂ<€s e@@ﬁdé tbesdaFcalat‘e’ﬂrhsﬁﬁllows For

S Bl 0 TR0 Bl Ul Bl B 1
Wased a@ﬂlelupmwmpelﬁﬁ sbbadtmst]mdesTl me sI ice[s] or (Tine
slice packet size [bytes] Aver age |ink speed

[bltlsjyill 8 * Time slice | ]) ractice the resulting
Avarage knk speed ﬁd@kéverggez@nkmeedmﬂﬁ {4 (Kipk speqé iy - Ipsk speed [k-
nore than iJ)

where i is an integer value which needs to be adapted to the variability of the link speed
of the network.

From the running mean a continually updated "time slice" packet size can be estimated,
which is dynamically adjusted to the network conditions, as:

Time slice packet size = Average link speed [bit/s] * Time slice[s] or
(Time slice packet size [bytes] = Average link speed [bit/s]/ 8 * Time slice [s])

In practice the resulting "time slice" packet size, although it will never be more than
optimum, will sometimes exceed the size of the MTU and need segmentation.
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one of the existing state of the art protocols, e.g.

the 1CVMP Path MIU Di scovery Protocol [3]. If the

cal cul ated Tinme slice packet 18ize is greater than the

MIU si ze, the packet is split into an integer nunber
nunber of

si zed packets " | NT, (packet
EL%M% WS 167 Be}t%?%thﬁ TR B i lﬁbce packef ﬁ‘ég’ e 5? found by
esmg)ommﬁhel sxistihg stag dftiee paytot@disot. gath'EII(i‘MIS Pht!hGMTU Discovery
PRESS! 135° 1k e SRl B Bk W8 DALk RO BHEL B30 M MTD) sce, he
pmlsetjs smitttmtomentegtrnmndter ceM Thhsikest pa@kqte. i s

dynam cally cal cul ated as above The “"time slice"

packet size is then conpared w the MU 92. In the
event t hat tH@‘m'llerﬁb@%‘}"?fée‘ﬂ\ga(é’k‘éﬁet@?ezéMTyW great er

than the MIU, the contents of the "tine slice" packet

oY ESEs Yo' BRI S Bl e T s
pakkias fo edicudate dlondizd ofthe olryeny diime skiced pesketi 68 $0 datem@de whether

{t?% %ﬁ%“tﬂ@"l@’[@ﬁw g%g d toq{ egl%g" ?%Ca 5@@1};%%%%%2{1029? &lculated as

can be a
et that is assenbled for transm ssion. Wen the
"tinme ince packet Ssi ze exceeds the MIU, it is

cessar cul ate the numher, of k ket s
B FREE o Do St it Pheh Sobian vy e NP En o gt that the
"tirmerelicel' ipaeKet pekietnot gfeatet thameths MTE, theawhkeahtspe/thedtme slice”
' i Wi rdi.ngl t he parts sent to
%%%%&???gﬁéggggggﬁgﬁﬁgeﬁfﬂ%?gggent t he networ k
packets are filled as follows: After the beginning of

Abehe ﬁﬁdfﬁysciu'cﬁ@ 96t H’ethé 'sfz%tofvtﬁé (fomfers?t'g@' ldgg/ 'Vﬁgcﬁ Qoﬁtgfﬁs only

iority queue | oaded 102
ﬁf@%ﬁ@t@% gleﬁseﬁxcegt s ntaﬁgn%.p@élomi at%genﬁaed thé’eﬂ‘el Métaie then data
tHa¥fict aa Betade tPabk Phylosd toFsthe chetworltepgkal fet Vibedsh@hbled for
or not, 104. |If not the next voice frame

is full,
ﬁmmplgggﬁ If the packet is not full but no voice
frames are waiting to be | oaded 106 then a check is

m@ﬁ tfliéf) "tgxgté %E(Ee%rt' clé@testlﬂg Exctepay e ] ?’Fe% d@ﬁ%" La?alh&llate the
‘Qpr rfmetyark paghsts RAFthat gvill be requlred to carry the payload of the "time

slice" packet. The "time slice" packet payload is then divided accordingly and the parts
sent to priority queue 96.

In either event, the network packets are filled as follows:

After the beginning of the "time slice" the first voice frame arriving in the
priority queue 96 is loaded 102 (as payload) into a network packet.

After the voice frame has been loaded 102 the network packet is tested to
determine whether it is full, or not, 104. If not the next voice frame is loaded.

If the packet is not full but no voice frames are waiting to be loaded 106, then a
check is made to determine whether there is any data available 108.

If so then the packet payload is filled with that data 110 until the MTU is

reached.



reached. When the packet is full 112 a check is nade to
determ ne whet her the Total payload for that

WO e@naedsdsi on has yet been reached 114. |f notPEl/an2mk/000482
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is made to determne whether there is any nore voice
or data 116 and the next network packet is filled as
before. |f the Total payl oadlils reached no nore

packets are filled. If there is no voice and no data

cont 1 WHE Manpioket scton; N3 & ohesk tsrpadesisbtestpnp T ghe Totl

d}éboa'ﬂl forthat irasmidnias ket isea wacbal et ed for

an n fr Lt '
f r aneslgn azk‘(f)heéf( i @8édenceéén§v%e %lagt{& tﬁé\rﬁ rw;m}é?eo\goggesoro ata 116
nd the ngxtpwam«a‘kgact@gnsrfslledgaalbnforzz Fig. 13 illustrates
the p[rfgﬁeﬁﬁal azl%?& &b IHE nBimdrl ﬁa&%}@s"&?@ kneacket

payl oa ves resentln voi ce queue 140,
a dath e ifeno ¥oice apd A Y glgecmg VI8 108 ngwcdeta in ke priority
Ilmdustcoﬁndleé uhthutnegTﬁﬂ@ﬂﬁ;e@a@@may with data stream It

shoul e appreci tedIh of the voi.ce packets
w1 AGHE a8 CHERLTT SR I120 FORe e SAPrER FOF FERRIHion from the
puiaitgrtedfer,avith etodat fremes T:ﬂeng psckdéncg avet Wotak apddhe process of

k6 Only data traffic will be
?5?%3’%8% %g@r?%ﬁa‘ﬂiﬂlezrze are no avail abl e voi ce franes
in the priority buffer. Wien conpared to state of the

Bigt 13 YRisBE®s tﬂaqirod@éé bf zi%kéiﬁbﬁ’@' S_h& REGSrK ﬁa@:‘K@tSpafy[d%H‘ Qﬂi%volves

orf nore sinultaneq é 8 rsations B&He | nve ntltﬁ I
RISPRNG pfalcs Heue dg T ‘?‘i 13 fegue Jé 2f g voice packets
Rse pnmglltdgapsmrmpsdleth titerstrbanh.f e1rsh|on1dt lfb‘.%a;fpe@ﬂawdafhat some of

&13 ezl?écte paﬁlaeq§ ﬁ’é ma% Véjat% Rut tﬁfs cP Ogp Wg %ff%cé rﬁeﬁ;ai)rege?er*tﬁg rs1elect10n

Th@rmdmngumw@ekpmﬂcktlpahm irgfigel4. Al so, since packet

size is |inked to the timng of the time-critical

traffic the maxi jitter Jmax is, in the "tine

Qnlycgata gratfie Wil bg ﬁ@aasmlttw iveheq | there 456 8R evailgble poice frames in the

pi&as buffdn - Tsi + Jn This reduced jitter results in

| nproved voice quality at the receiver. Generally, the

data franmes are significantly larger than the voice

Whanesmparefl o staterofi thp aid spstems thahnpétipler veioe eodearfraoees from one
' h S

P LA St b it B bslifong e HEARINCE 1L 8, ol Bhtrior jttr

epr’gmqap@qawhllq)@emr@{hgsamﬁ gizg| sifter buffer in the receiver. Jitter is bounded

by the size of the "time slice" packet and the MTU, which will always be smaller than

the maximum network packet size. Also, since packet size is linked to the timing of the

time-critical traffic the maximum jitter J,,, is, in the "time slice" case is:

Jnax = Time slice packet size/Link speed + J, = Tg + J,

This reduced jitter results in improved voice quality at the receiver.

Generally, the data frames are significantly larger than the voice frames. A further
improvement in performance can be obtained by terminating the transmission of the
data frame if a voice packet becomes available before a significant portion of the data
frame transmission has been completed. An early termination indicator is transmitted

in place of the rest of the data and the receiver will consequently ignore this frame.
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ignore this frame. The transmtter buffer stores the

data franme until the higher prlorlty voi ce frame has
been transnitted and then retlPansnits the data frane.
Usi ng the exanple link speed of 200 kbit/s (commn in

|1 si ze.of
7B Bgninificl BURTISres 8 it B’ ) e P E A GG s rme s
bmardnymmd\Mdﬂemrstrammtstﬂhadata fremst andar d Et her net
MIU si ze of 1500 bytes and significantly smaller than
t he maxi mum network (IP) packet size of 64 kbytes.
Prmghe regampleclinkd spredt ¢fe2 hlfésol(@mm@w lgatgBidk @etworks), with a

J tirhé Sl'ioe" Tsfi@ oﬁ"&ﬁ kg H‘"hfn%tsﬁée"fﬁaﬁkét e rcﬁﬁ 8k \éﬁgulﬁféqug be 1000 bytes

BT l6® e the ﬁ@gﬁea fnet DTtk ofnfp0D. maes sxpizntticanty

sl lerathianutie nehaimimp aekeirk S(IIIZ)e p@cﬁk&e siz@l bh Gughbﬁtébe Therefore,

E{Eﬁ?cﬁ%% ﬁ%rvll 1%bl%er1%gﬁor tsp%(rél?] blﬂ the mrsxméuérll éfc%r %otr het reﬁ%}@d voice
fr@mps faz dhd Yhse almst" vagei williborld) st Iwersme 66 wsifon thet themet MTU size
@RBLAPYI5BIsThYhS HdddiAmBREARR pa i sizOBANCe. data going

into the network packet ding any headers can be
pre-conpressed by any data conpression nethod. A TCP

AlBelgr aibiigventi®h hag bapp aepfibét &ithOrefdiénckitdla @hmayxample it

oL PE BB R By Saliefn e e mlic vicent to the

gmhopaitely gkilbody peR&R) Fay ilstanesedatao gonmgr onve theenef@btk packet

&%Ma@{gﬁg%ga@e\fse&ad e %SJn Ies%édrlgléanﬂ mﬁaﬂ@stsio VERhO @A TCP

I'n pornt to
#Rselergbion mpetByds enpaoprse tost gb@h upedl 1Ry alsq be apaﬂn@nmzeo including

dakd if e ndR Rk padRRRU Hor HRANAE 2 SARDHE $EPHRr{bRMHeE enhancing proxy

wor.k an four P, UDP, ESP
5’5@’% afij Wr?ﬁpe[tgf L@rns’ UPRICEGNBIOnE dqlmvflal%r
Packet (SAToP) , draft-letf pwe3- sat op- 05. t xt [3] ICI\/P
| ETE . RFC 1191
KByt R h A S et e 5OPS ) S0 g ML batig AN point system
tassseabinFignth.i nver se rrul tiplexing of packets and ATM
ceI I s over satellite/wrel ess networks", Agarwal et
US Patent no. 6,819, 658, Nov. 16, 2004 Cains 1. A
B‘@FEBNC&S generating packets for transm ssion over a
PaqkE 309$ eRobust Header Compression (ROHC): Framework and four profiles:

RTP, UDP, ESP, and uncompressed , IETF

[2] Structure-Agnostic TDM over Packet (SAToP) , draft-ietf-pwe3-satop-05.txt

[3] ICMP Path MTU Discovery Protocol, IETF RFC 1191 and RFC 1981

[4] “Method and apparatus for segmentation, reassembly and inverse multiplexing of
packets and ATM cells over satellite/wireless networks”, Agarwal et al. US Patent no.
6,819,658, Nov. 16, 2004,
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conmuni cati ons network, the nmethod conprising the
steps of: determning a "tinme slice" packet size from

wo b@71124581 speed and the interval of tinme extenPCTgu2007/000482

between the tines at which packets are selected for

~output froma buffer to the transm ssion interface;

creating a network packet frbmframes of time-critical
data generated during the interval, where the packet
I.S.synchronised to both existing ti m ng requirenents

MBhe time-critical frames and the |ink speed; then,
adding non tine-critical data to the netvvork packet if
its size had not exceeded the determined "tine slice"
packet size. 2. A nethod according to claim1l, wherein
I.he @ moetbod t o genetating i packess clor dersMigsion gt hodpacket based
QRGN H?t‘éblgﬁi '@Be]m%og cottbi§difs fhetsth?s 3en

time-critical data Is a data .stream 0 .
accodgieHyInmgE 8| Hms shce’ V\B@i@i fize fR@ thenfink ﬁ@e‘i Ppg't]&ea}nter"al of
tehad axtbididgib@wiesit theintte tanvhichpackes ardatiactsd f@anmpii frof a buffer

t hod accor di 0 any preceding claim wherein the
ng% TANSPUSIOR 1 %&%ﬁ'ﬂ cations systemis a conputer

net werdating a ndtwrek ipecketfronr fiiimes afdinagryritoend dath genernied during the
e, WIS A5, SO AEH A o
ttme-%wl dramep andythe linkgpeedsl radi o channel. 7. A net hod

aCCOftl‘iEandﬁl‘ﬁ Aol find-critibalr @itd 14 iR Rasost %a&l&t tifigts size had not
;E%gg 5{ cke ?PcéjthIa si‘]eeam re.lnternet Protocol (IP)
¢ terﬁ“ ERGFHS %0 any preceding clai m
V\,herel n the "tine slice" packet size is calcul ated
romga_ruynnin he . " d SSi
L O SRR B BB e A A 1B
po! nts.9. A nethod according to claim8, wherein, the
3.0 MEn ki@ acB@kisleo Sl 1 & ﬁmmlﬁ Ad dorP@h 26kt is a data
current net wor ndi tions. A nmet hod according to

#¥9Mone of clalrrslto7 vvherelnthetlrre sliceis
estimated by a predictive technl que 11. A nethod

4? ggghﬁg\%ﬁaoﬁ%g?%gglg tégfal w ereln Iponetgmg tcr1t\{cal data is an existing
network packet data stream.

5. A method according to any preceding claim, wherein the packet based

communications system is a computer network.

6. A method according to any one of claims 1 to 5, wherein the packet based
communications system is a transmission link that includes a satellite link or some

other rate limited radio channel.

7. A method according to claim 4, wherein the packets in the network packet data
stream are Internet Protocol (IP) packets.

8. A method according to any preceding claim, wherein the "time slice" packet size
is calculated from a running mean of the speed of the transmission of data across the
network between the two end points.
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f eedback component. 12. A nethod according to any
preceding claim wherein the tine-critical and non
WO RoveAResBt i cal communi cations are prioritised BCTADRIOMY00482

to a priority queue. 13. A conputer systemfor

transmtting packets on a packet based conmuni cati ons

system wherein: "tine slicel4 packet size is

dynam cally determned fromthe |ink speed and the

interval of tine_extendin etween the t.ines.at which . .
ackét nekhod aeqordipg ios PlﬂgJ{? pwﬁgrﬁ% & "BRG, SHOE oPRRG size is
dyhanikailg adjosted tf @ifeatestwokiovnditiopacket s are

constructed fromfranes of tinme-critical data

generated during the interval, where the packets are .
¥y ncWr owiteddadcording ko exy on¢ g daimisnh te deguvhessierihe tisge slice is
e%{ﬁ%at%h'gﬁa%é st tedines and the link speed; then, non

[ ic

ne-cr al data 1s added to the network packet if
its size had not exceeded the determ ned "tine slice"

Rackt ntlod- ackdrdidgOfEpeliial 16 0Whyeimethk Giredieivey Rthiigue includes a
fg%%e}%s for transm ssion on a packet based

FUMRIEHs system as claimed in any one of clains
1 to 12. 15. A communi cations packet generated by the

5t h%?m%ﬁl% ra%&qngot aa%l%‘ r?géc%ﬁﬁ‘l !c'fég C Min Wehife cBEical and non
packe contal ns b tﬁ -Critlca ang non,
timeretitégal e¢mmunigatiens are prioritised according to a priority queue.

13. A computer system for transmitting packets on a packet based communications
system, wherein:

"time slice" packet size is dynamically determined from the link speed and the
interval of time extending between the times at which packets are selected for output
from a buffer to the transmission interface; ,

network packets are constructed from frames of time-critical data generated
during the interval, where the packets are synchronised to both existing timing
requirements of the time-critical frames and the link speed; then,

non time-critical data is added to the network packet if its size had not exceeded
the determined "time slice" packet size. /

14,  Computer software for generating packets for transmission on a packet based
communications system as claimed in any one of claims 1 to 12.

15. A communications packet generated by the method according to any preceding
claim, where the packet contains both time-critical and non time-critical data.



