VO CE OVER THE | NTERNET METHOD AND SYSTEM Field of the
I nvention This invention relates to a voice data
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i nternet system and nethod . Background of the

I nvention Voice-Over-Internet pretocol (VolP) is a
met hod of enabling voice communications using the
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decoalng and call signaling. Audio encoding is the
process of the converting the analog radio signal to a
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communications over the Internet by performing audio

encoding, audio decoding and call signaling. Audio
encoding is the process of the converting the analog radio
signal to a digital form that can be transmitted in an IP
network. Audio decoding is the process of generating the
analog signal from digital audio packet received from the
IP network. Call signaling refers to the control data
being exchanged between the operator console and the VoIP

gateway to set up the radio call.

Currently, only the operator console can set up a
connection between a radio user to an operator console,
another radio or PSTN. The radio user cannot initiate
these connections since there is no means to convert
dialling digits from radio to SIP (Session Initiation
Protocol) messages. This limitation implied that a
dispatcher must constantly monitor the radio nets to

handle radio users’ verbal connection reduest.

One approach to this problem is to add an external device

commonly known as a Radio Interconnect to detect dialling



handl e radi o users' verbal connection request. One
approach to this problemis to add an external device
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dialling_ O- digits fromthe radi o. However, such
devi ces are designed for PSTN eperation. Thus anot her
external device is needed to conplete the
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n?ﬁ!ﬂné receiving a signal froma radio device and
for onverifl ng the signal to a format for transm ssion
over a network to an end destination; and wherein the

V Gdfafen lof N v&?ﬁfd’@y has a processor for
d ' ' ive of a requirement to
i Mg fRjest tg h R es s sioreriian ats die rowewle the

WK | b aaes, not conpri se an on-hook signal or an
of f - hook signal provided by a DTMF tel ephone, so that

the gateway establishes a session initiation protocol
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to star or termnateatransmssmn esste
dF’Fb qqﬁgﬂfor transmission over a network to an end

destination; and

wherein the voice over internet gateway has a
pProcessor for detecting a signal indicative of a
requirement to initiate or terminate a session initiation
protocol, which signal does not comprise an on-hook signal
or an off-hook signal provided by a DTMF telephone, so
that the gateway establishes a session initiation protocol
transmission over the network or terminates a session

initiation protocol transmission over the network.

Because the system utilizes a processor associated with
the gateway itself for determining a signal other than an
on-hook or off-hook signal which is intended to start or
terminate a transmission, the system does not require an
additional radio interconnect device, thereby reducing the
amount of componentry needed and the complexity and the
cost of the system. Furthermore, because the transmission
is initiated or terminated by detecting the signal which
is other than an on-hook or off-hook signal, a specific
signal indicative of the requirement to commence or

terminate a transmission can be provided, thereby enabling



addi tional radio interconnect device, thereby reducing
t he anount of conponentry needed and the conplexity
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transm ssion is initiated or term nated by detecting
the signal which is other thanszan on-hook or off-hook
signal, a speci fic signal indicative of the

I gt el nsmi ssion.
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to comrence or termnate a transm ssion. Preferably

the signal indicative of a requirenment to initiate or
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ag oéj nt to termlnate ransmni ssjon i nclude the
sane ceon B MR AFFHEMI ¢ Yhdfgmprises a

Prasfreyrachl ytdrhae ﬁqﬂrﬂ@v&cgw dt0 ligddt adme es:s;a%li Gtone,
C%H?Lrl(ﬁn%ﬁi tﬂile @S‘I‘I éi\q.l q:' %q‘ltlh% e oOnCeeSSOf IS

for extracti'ng that etvveen control
tones . Preferably a pI urallty of transm ssions can
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Preferably the tone signal to initiate a session comprises
the number to be called and the processor is for

extracting that number from between the control tones.

Preferably a plurality of transmissions can originate from
a common radio port of the gateway with the transmission
being half duplex. That is, there can be many listeners

but only one talker at a time.

Preferably the gateway controls which radio device is

allowed to transmit.

The invention may also be said to reside in a voice data
transmission system, comprising:

a voice over internet gateway for receiving a
signal from a radio device and for converting the signal
to a format for transmission over a network to an end
destination; and



The invention may al so be said to reside in a voice
data transm ssion system conprising: a voice over
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device and for converting the signal to a format for
transm ssion over a network togan end destination;
andwherein the voice over internet gateway has a
processor f [ ff | nal i

t el ephone o%gﬁ%o&% \t%’ v%r:lc%al romn} TR t‘-:r éawﬁ‘gng‘as a
t PHAReS SR for meqdiving ans eﬁ-dwamustmgtalorfqmotaomw
S Ged1RHR I HATHNRI -FIAD 5 e S HrME d1ldidhe to

protocol transm ssi on over t netmork or term nates
a }WdGiade 199 e AR R &t mS%M%W%WWI so

Nedha Khel fifa Hewese ssiadlaishe s @ s@s@ﬁ.drﬁﬁ.@il\ﬂlaﬁzl%n protocol

sH%naI fromaradlot VIC whi.ch i s not .able t

produca an St -Nsdk & 159 RSt S r?alsess"on
canq;rh:s:mg:ra mtwcalgrtadan@mﬂemmm@vmtuh@ n@ctmrﬂo,r the

| 20010 S eAla1dd GG & Akl han & radio
térm nate_a session initiation protocol 0

r &eviige ghiche is ged abliee t@amc@sta@bpfmoés 5% on-hook

S@IYnA | HHd @ilg@a 1P IchRals i RS Hohy ¥Rkl dddaining
net rk_or. ter nat.es a .sessi on |n|t|at|on prOtOCO

t FRRRCds iRt ovrer drentdiwame thrusignmd & wspgnel to
amrﬂmqu @ae $e radmatiat Iaorzkaissrle(ﬂlud&hﬂ:lfa(ﬂlo@s'p&’lﬂﬁo‘ﬂblm@o

t b d
of Pt G beladb® Be TS S TR FRedegl Bt apidghes =
a seg@iond ewmampnh mqtg:cpﬁ-e ta?lamlsmw stienp oyeuc ¢&hagn network
ok hQekiPk ty ROQl S gRali nli @ 163 AR | t%c%ﬁa@EEEEﬁﬁ%glon

over the internet or termnate a transm ssion over
i RVEFn&fhe netEoskapl y the signal indicative of a
requirenent to initiate or termnate a session

'%%F'at%%h %f %%%%lis able to process conventional requests
for establishing transmission or terminating transmission
based on the off-hook or on-hook signal, and also
transmission from a radio device not having the ability to
produce an off-hook or on-hook signal to establish a
transmission over the internet or terminate a transmission

over the internet.

Preferably the signal indicative of a requirement to
initiate or terminate a session initiation protocol
comprises a dialling tone signal including data to
identify the signal as a request for initiation or

termination of the transmission.

Preferably the signal including the data comprises a
control tone followed by at least one signal tone,

followed by at least one further control tone.

Preferably a signal indicative of a requirement to

initiate a transmission and a signal indicative of a



conprises a dialling tone signal including data to
identify the signal as a request for initiation or

W@ eqosioerrsd on of the transm ssion. Preferably tPer/Sémoeaboo377

10

15

20

25

30

35

including the data conprises a control tone foll owed

by at | east one signal tone,-fgllowed by at |east one
further control tone. Preferably a signal indicative

of are uuerrent t0|n|t|ate nsm.ssi on

si‘gnat Tarts e o Htqui renen’% ‘%wstle"rnmln%afude the same
t rmﬁw@su@nem@u@lsﬁfﬁemﬁe wow rlgnakes but

different tone signals . Preferably the tone signal to
initiate a session conprises the nunber to be called
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f Yo GRPMRILS NN Signal to a format for transm ssion
over a network to an end destination; and detecting a

signal indicative of a requirenent to initiate or
t ewéﬁatabxy sﬁséigutéw&j | dri o J ailniced , radii € hdsrgmalis
not , conp rlse on- hook signal or an off-hook

SI gnacfwepdf 01§/°| de%a'bsmatDTl\/F t el ephone, to establish a

session initiation protocol transm ssion over the
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transm ssion over ‘the network Preferably the signal
i e AES 0 e hRd resmLTing

receiving a signal from a radio device and for
converting the signal to a format for transmission over a
network to an end destination; and

detecting a signal indicative of a requirement to
initiate or terminate a session initiation protocol, which
signal does not comprise an on-hook signal or an off-hook
signal provided by a DTMF telephone, to establish a
session initiation protocol transmission over the network
or terminates a session initiation protocol transmission

over the network.

Preferably the signal indicative of a requirement to
initiate or terminate a session initiation protocol
comprises a dialling tone signal including data to
identify the signal as a request for initiation or

termination of the transmission.

Preferably the signal including the data comprises a
control tone followed by at least one signal tone,

followed by at least one further control tone.



initiate or termnate a session initiation protoco
conprises a dialling tone signal including data to
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term nation of the transm ssion. Preferably the signa
i ncluding the data conprises-ascontrol tone foll owed
by at | east one signal tone, followed by at |east one
f lﬂ'xieli%rraiﬁg L o's:. AR —J.nd:.craec l%'fy ar%'q%ri@ement to
i ndi cative~o equirement to Sinitiate a transm ssion
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dlff rent .tone signal.s . bly the_tone signal to
i MO &C 3 §°§§§s% ggﬁf %ﬁéenﬁﬁﬁgﬁ 186 be called
and the processor is for extracting that nunmber from
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transm ssi i nat n1a nmon T a
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which radi 0 device is allowed to transmt.

invention may al so be said to reside in a v0|ce dat a

tll?&'@f@r‘ébg.gn anpud ReAlidRE Trafsmieetonisn @r&g&h@ﬁt&l from a
fran radi 0 devi or onvertln al .to.a

¢ GPRRr} FRReREREC RS BRERVRT, SR Fhahoagme =5i0n
destingathiadd; dupdexvi ng an of f - hook signal froma DTM

t el ephone or an on-hook signal froma DTMF tel ephone
toinitiate or termnate a session initiation protoco

s&referably gaﬁewh@ﬁ Furithigas compad seen copitriodfisg which

PERaRe0HelFiaRs HisS a1 adwae kol Rean@ier k, or term nates
a session initiation protocol transm ssion over the
net wor k; and
The invention may also be said to reside in a voice data

D-D

transmission method, comprising:

receiving a signal from a radio device and for
converting the signal to a format for transmission over a
network to an end destination;

receiving an off-hook signal from a DTMF
telephone or an on-hook signal from a DTMF telephone to
initiate or terminate a session initiation protocol so
that the gateway establishes a session initiation protocol
transmission over the network, or terminates a session
initiation protocol transmission over the network; and

receiving a signal from a radio device which is
not able to produce an off-hook or on-hook signal, the
signal comprising a tone signal containing control data
for identifying the signal as a signal to initiate or
terminate a session initiation protocol to establish a
session initiation protocol transmission over the network
or terminates a session initiation protocol transmission

over the network.

Preferably the signal indicative of a requirement to



receiving a signal froma radi o device which is not
able to produce an off-hook or on-hook signal, the
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data for identifying the signal as a signal to
initiate or termnate a sesskom nitiation protocol to
establish a session initiation protocol transm ssion
OVEA4 Eb&t@ ELWOLK RS nk 86 Mh NSL §§1§n S§§§£9£!ti8ht béﬁ&&oﬁ
protocol transm ssion over the network. Prefera e
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Illng %one sg gg gncludlng data to identify the
8%5?1 BEL°PeQhestef 6F2 A FA?®N or termi nation of
the transm ssion. Preferably the signal including the
d e I I d af, n
i SEef Rl oing CROALE 1ABIRALEY BHE adke LohBaRto e
toﬂ@ntr¢¢etenabfylhogeéhby sholeast venef shgragutereent
tOféDléwé&eb? LransgiesbRd ARdtResi @0ALrbNOLEALL ve of
a requirenent to termnate a transm ssion include the
same control tones but different tone signals .
Prpfefebaylyhe éﬂ@ﬁasigﬂaiciﬁlvei&faaereqﬁessﬁeﬂt to
con £ n to beac | ed. d the g gessorf s
f of a%t?nﬁ ?ﬁ%?lﬁﬁh%%r ¥F oth BEPIREN P REEERT T of

ton@qulrémeﬂbrablyeamphﬂtalatyr@msmxaﬂsnnssnohsde_the same
Ofbghe.%f fshgy ey E”HPEﬁéT??ﬁe &aﬂét eway Wi th

the transm ssion elng dup referably t he

nmet hod further conprises controlllng whi ch radio

deFi:&ﬁei:&ijﬂ eMedtbRet £ 9GS t to Bihﬁﬁ@@é Cai §&k8DoRf comprises
EXamnn% € gaefer£§% enpgdége of the inveption
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tOethaetrmgpahgtngumber from between the control tones.

Preferably a plurality of transmissions originate from a
common radio port of a gateway with the transmission being
half duplex.

Preferably the method further comprises controlling which

radio device is allowed to transmit.

Brief Description of the Drawings

A preferred embodiment of the invention will be described,
by way of example, with reference to the accompanying
drawings in which:

Figure 1 is a diagram illustrating the concept of
radio voice communication over the internet by a voice
over internet protocol radio gateway;

Figure 2 is a diagram illustrating communications
using a radio inter-connector device;

Figure 3 is a diagram according to one embodiment
of the invention to provide a communication path for eight

radio devices to initiate multiple calls;



drawings in which : Figure 1 is a diagramillustrating
t he concept of radio voice communi cati on over the
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gateway; Figure 2 is a diagramillustrating
comuni cations using a radi o-igter-connector device ;
Figure 3 is a diagram according to one enbodi nent of

the inventi roovi d : [ P

ei ght radi o%g'gﬂ%cegs‘p;ios i%ni%tl%%e nﬁ%t%lt‘%l%% %%%ng |egure .

4 Frehd thaginen oh ddia prafianket eakddimenturaf dthe Hawvention;
preferred emiQRi-e@n iQf af B AgPUENShORinld WL RS diration

di agram showi ng t he configuration of thé voice over

i %r‘ﬁ'@ st AT dREgRe RRP IS Yured- 9 Jateagr am

showi ng poi Mi-gurep@ rls @Galdiagaiamp BEdhvicgN iGNt Hto-point call
Fi e 7 ] | owchart showi ng the manner in which a

ca 1&’§nesﬂe1is cﬁopr{nﬁf::/%luorne’ 8 is a diagram show ng nul ti

-party cal | Fegunendntiscenddowicbast Ehgwiag the smanner in

di.AQrAMLXRI @Al idNGddgd r ansm ssion control mechani sm
Figure 10 is a di a%:]am showi ng call term nation

equi pment c&HIFES ShisFigggdegram shewingharditi Pretivngall
h@ushGpnedtedBridd ibdsaskes pl ace; and Figure 12 is a

di agram shoy.ng one application of the.invention,.. ..
Det ai | ed DefGEU5A on 16t % FE=BFaPe FHRd SARISE Mok taRpsmission

apEintoatli areddfartiean present invention is shown in
Figure 12 :FE! W1 i%ega%ﬁgg gmas%%h?%g?%%hﬁ%@@r%igation
energency I nt egrated conmuni cdatl on syste Icnh Ccan DpDe
equipment connection;
Figure 11 is a flowchart showing how call
termination takes place; and
Figure 12 is a diagram showing one application of

the invention.

Detailed Description of the Preferred Embodiment

One application of the present invention is shown in
Figure 1l2. Figure 12 relates to a quick deployable
emergency integrated communication system which can be
used by emergency services in the event of an emergency
situation. When responding to a crisis, various different
agencies need to communicate with one another. Typically,
such agencies have their own communication networks, which
means that when various agencies do arrive at an incident
scene, their communication system does not necessarily
allow them to communicate to another emergency agency or

back to an incident commander.

To address this problem, an emergency integrated
communication system 1 shown in Figure 12 can be used.
The system is typically mounted in a vehicle. By using
voice over internet technology, the system 1 places

disparate communication systems on a common network



used by energency services in the event of an
energency situation. Wen responding to a crisis,
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one anot her. Typically, such agencies have their own

comuni cati on networks, which geans that when various
agencies do arrive at an incident scene, their

c ig3a4 i on system does not necessarily allow them
t0 communi cate to anot her energency agency or back to
an incident conmander . To address this problen1 an
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conmmuni cati ons over the PSTN network 17 to

t gt elerimies chl arkR WERNEeESD AR ptprk 25 for
C YuAkidithd CdriminiZpalciass 2l HoN 20 Ovinéidiga gateway 12 and
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Rangki tovagdt efieyy szl;@piud.rtgasm:sieatqm tHe amel:eadmt signals via
CQREF l,ocal r
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docradf apemplatwork 120 msiod s20 hamee qasgwctgdedo it a VOIP
netoMyde Z1MahflsS di \cananners et @ddvidiid RudRpaer
31 and a web canera 33 for providing i mages. O her
envi ronnents in which the invention can be used
| rocdhede qmtjl:&cﬁm@ﬁw i itry vﬂgem:itefe inverigiorein @e used
I anaRoLd ¢ i dsf! ALARIIONGN I LAUALELn,
conmmuni ca on s Semor
transportatlon, ete.

In an emergency integrated communication system of the
type described with reference to Figure 12, there are
three main areas of use, mainly interoperability,
interconnectivity and voice data convergence.
Interoperability enables the gateway 12 to produce voice
over internet protocol packets that are used as the common
media for switch audio. Interconnectivity enables
connection of the VOIP gateway to other communication
networks such as the PSTN which effectively extends the
range of the radio gateway. This, for example, allows a
headquarters of an emergency service to be connected to
forward command posts in the field. Voice data
convergence enables the VOIP packets to be transported
using the same infrastructure as the data network. This
therefore saves on installation, as well as providing an
additional communication link to the forward command

posts.



type described with reference to Figure 12 , there are
three main areas of use, mainly interoperability,

WO nio8eUMe stivity and voi ce data conver gencePCT/SG2006/000377
Interoperability enables the gateway 12 to produce
voi ce over internet protocol- packets that are used as
the comon nedia for swtch audio . Interconnectivity
enabl es connection of the VOP gateway to ot her
conmuni cati on networks such as the PSTN which )
ef Feitre el yie)xd chtRI¥He FheHrDithaconrrrt gof evrdic

Tr&&mnﬁﬁc@%ﬁé@é_ %xtré’ii* |bﬂY>§ ﬁmﬁ&.&i@@t g -tar tv?iﬁh Of%ﬁé‘rence dto

ener gency, servigce to, be connected. to, forwar omman

SOTt T 1 ne REFTRLIGY F ERUS SIREI TR THdbl TR ThRLod
5 VGtdRlijpes ketsvide nd e spodie sipmaiys the sdmese radio 10

| UL AR UCE WS SSediey 0 B PELIRLK. s U Se I NETEHOTE 11, The
U,tg Iﬁ%l ort, ‘as v%lel{ df

saves_on | NSt a as prpVI I Ng an .
adeidio rgd tewammperieien dudio tenqddingy vanrdie ciseediing and

P Bl - SHUEL Ind St & HAH QSN IYEidEe SONCEMaE over the

radi o communj cat1ons over the internet.. Wth reference
t FEFRERRE 114 ot 3R £79 \ATEINRF P SHR LS QikFR Lrer

10 analggrietli mo syl desanatgnimgll 6] grldid Cercdiity is the

radi o 10 connected to gate 1y 12% radi o nterfaccg. L tal
A O R BT SIS SR L eF G g £
auithon devatdi orn dvel Tedn sisl ged [imaant CRedtwork.  Audio
t rSIA S [ v, j §{lgq:
dest | na??%g{%(a{’:}ﬁé S voelc'scé; %eé%%%ﬁa?%ﬁ%&%%@user al

t rith AL gt ARGl RIS iZeaNerest deras e IP network.
15 CORET td h L4 Q) FafFls StYNEHS dshErds gided ﬁé&xgg td¥edhanged
c$1 be transmtted in an I P net r% Audi o def#) 1ng__.
| PTHEP P T2 RN FRINS t"’lﬂ\;‘w’a PTG 4 rigmset v
dithe afranshios pamk e shateces vethd nomidiecd AL net vRadio users
Caé%m?é@ it%:ﬂ':gté eéoe:{r?'eé@icir&e 'l'?h()é}\]ig?oll.vedg,t aﬁ:ﬁ-%gg%here is no
exchange etween an operator consol e and € gat eway
1meansseo (genvert dialling digits from radio to SIP
20 - messages. Thus, a dispatcher must constantly monitor the
radio networks to handle radio user’s verbal connection

requests.

Figure 2 shows that this problem can be solved by adding a

25 radio interconnect device 20 to the system to detect
dialling digits from the radio device 10. However, such
devices are designed for PSTN operation from a telephone
on the PST network and therefore, a still further device
is needed to complete the radio to PSTN to gateway 12

30 connection.

Figure 3 is a diagram showing a preferred embodiment of
the invention in which only the gateway 12 is needed to
initiate or terminate a call from radio base 10 to the
35 internet 14. The gateway 12 includes a DTMF detection
features for detecting dialling tones. Typically, if

connection is being made from a DTMF telephone, an off-



the transmssion (that is, the radio call). Radio
users cannot initiate connections thensel ves, since
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radio to SIP nessages. Thus, a dispatcher nust
constantly nonitor the radie bhetworks to handle radio
user' s verbal connection requests . Figure 2 shows

thaaktEaanaiobgeﬁggantéeséelMﬁdtﬁ¥ addingnd@ £a8dbA-hook
i nterconnect device 20 to he syst emto detect

dr&ePRAgiai yred FPoﬁ?FﬁénF56|6h8e9PEé 108°KB e er radio

saeblaavscaﬁdafedQSSbgBadlboaoP§$N paeaa&eoaffpnaba or on-
tﬁleghone on the PﬁT ne%mork and. t her ef
f

PRer aBgtscand REERBHOFD coNAPer SIbRS: BAT B PSTRPS £

t dngaienwayot2teomiiveteon caElgfirem3the madiegbase 10. The

mﬁ&%%ﬂgxalﬁrEEGEﬂgge?HQ§d5BEQtt8f gmﬁlég¥egk'@grhﬂnate
| C € gate 2 1S neede toinitiate or
teahiﬁaféoa 2aPIMF| saleplippebdsa thet BSTNeinpntBenet

1éon$aﬁt§ahsmawa§2byneguaealﬁ E%HE QQEeﬁbbﬁnaﬁaabﬂLﬁﬁok
for detecting dialling tones. ﬁallﬁeglf C ection

i $1gBRAF- naH@WFVSEVaaEﬁﬁFdFEHeﬁﬁoﬁ PFRGHK-E grament
| 5£USRE fiAveAtivA,t BRecghkerag 22 abebotkesDUME| desection

used to term nate_t a | O v . .
ek Ert L 8258 185 SR Br s g e . FBSR SHS ERRsp device
slgn&b31amulaherehdr@ermuchtslgnahgméaﬁhgnSbevaye@hﬁo
Ehkéghgto&4tern1nate a call fromthe radio base 10 .
e gateway 12 is therefore able to initiate or

termnate calls froma DITMF tel ephone via the PSTN in

thsmﬁaﬁ!eatheﬁalc&ﬁyamgodsbegkbeﬂdbhedmé&chmykfaaﬁ the
-gook S|gn?b s ver, accor g to the Eefer%ed deast
APBRESoR Ot heSPRbCRPFBROLCAELgAPCAY 1200888 PReadeas
DhdEsedgbectsiuch hAsnetasheirncondétibosdehevtigsitgral bazard

fkgghgngsrggigaggg&Cﬁe;gaggslnltlate and tern nate

ransm I ons over

Figure 4 is a software architecture diagram of the
preferred embodiment of the gateway 12. The gateway 12
has a processor 50 which is controlled by conventional
radio gateway application software 52. The processor 50
may comprise or include or control a DSP (Digital Signal
Processing) library which maintains a library of DSP
channels, RTP (Real Time Transport Protocol) stack for
real time transmission of data, SIP stack 58, radio
gateway driver 60, TCP (Transport Control Protocol) stack
62 which moves multiple data packets between applications,

operating system 64 and gateway hardware 66.

According to the preferred embodiment of the invention, an
additional software layer 70 is provided which controls
the DTMF detection by the processor 50 so the processor 50
can recognise whether such a signal is indicative of the
request to initiate a transmission according to the

session initiation protocol and terminate a transmission



internet 14 . Conmmunications can al so be provided
directly fromthe radi o base 10 . Such comruni cati ons
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conditions , navigation hazard warni ngs or safety
nmessages . Figure 4 is a softmnare architecture diagram
of the preferred enbodi nent of the gateway 12 . The

gabewaui he Q@Stﬂepégggiﬁﬁr1§Qtwgh93n'ﬁrBQBEBQl|§Q R¥at
conventional radio g’atevva Ilcatlon sof tvvare

ThBogRo 84988 S5G2Rn ecéﬁﬁ¥F§€u6FhFﬁcﬁﬁe@ BFMFbﬁPPSISégnals
Dﬁﬁleﬂl&b&aUySagaahnBéﬁaeastagboh b&aéypwhtCBf the audio

int ai rary of DSP

TPaRentRich, dPots) beotARRoPoE CPRAFEPTE FPATENFSSRER 5 2nd
okadababaSkP18t &ok ab8endadsergat eway driver 60, TCP
(Transport Control Protocol) stack 62 which noves
mul ti pl e data packets between applications, operati ng
s9§M€wde¢e§ﬁaogabywayehﬁraﬂaﬁéosa50A§eé¢auﬁgetéonﬁﬁo of
peatesbedwaraogionenh %wh%aka msbenaf%araadbbheoeabnnel is
éEL((!:\/\/are | ayer 70 i,s provi gg Pf contr Q -

eERSRYby Fhétpﬁéceéssﬁ om§8tt & ﬁF& %&8 eéo ¢5ft- To
r enablies ehiketbehappeh  aupbgnpbwes updacdumng ebnhbetion is
r st |n|t|a a_transm codln
sgl%sgén |&'§| £ at1 El(;“":"n?ocol 8‘10 :eLrs% Aotk 9 c%n% Etion for
taaﬁsuissﬂenapoctdmhgtte rhélgessegncpnﬂﬂldnaénfrom, the
D§9b0Qﬁhtlé%lbhababgﬁiﬁl%ygEQ'éngﬁmeBEoﬂu§tEBQUb§E%§ that
from DTMF tone signhals which nerely are 1 ntended
c5hpr Fadigapeest ifhexreaiteddkPadhRilc FXPE -t oPpyeb browser is
tﬁaaanhbteﬂabuanba HadaBldevheepmandetaditaohagerl@atn

Snd user . DTMF detection by the processor 50 under
tﬁ@‘ ¢8nPPEIFof the software 70 can only take place
after a DSP channel is allocated. That is, a call nust

bﬁvéﬁ&ébb'igiﬂslkéiés Iﬁeegéﬁhénkgi 3£ QnlBRREY o¥PBEsabling

the DTMF detectlon for radlo ports. As shown in Figure 5,

to do this, an administrator types in the URL of the radio
gateway 12 in a browser such as Internet Explorer, and
types in his user ID, password and subsequently sets the
configuration using the onscreen user interface provided
as per step 1. The configuration is submitted to a web
server built into the gateway 12 as per step 2. These
configurations are stored as files within the radio

gateway 12 as per step 3.

An acknowledgment is sent back to the administrator to
indicate that the configuration has been accepted, as
shown by steps 4, 5 and 6 in Figure 5. At step 7 the
operator turns on the radio gateway 12 and the gateway
will automatically run up a power initialisation procedure
as shown at step 8. The initialisation process at step 8
reads the configuration files retrieved at step 3 so that
the gateway main application requests configurations from

the configuration files at step 9. At step 10 the



made . To avoid having to establish a dummy connection
for every radio port that a radio user could dial
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for ports that the radio user is expected to dia
from A web browser is used-td3enable or disable the
DTMF detection for each radio port. Figure 5

| ldongtiGAtasibhe rFeqadence obaan akahl B¢ .o,rtegﬂ 3ablenag ga%way
DTME détection for radio ports s shown in Flgyre

, MR T GPPAS2 tAR A §RAS eada tﬂ’ﬁpé&‘ii“n’rrteﬁe ngRPeSt EhBSF
. afiafn@diseway mhchn theb conFaguiuthions filker ktich are
Ex Iorer and types in his user ID, password and

qu Htly sets the configuration using the onscreen
user interface provided as per step 1 . The

C%%fd' gu "f"iie'q‘&%n'c§r $409.6 664 40 -3 MERFCELRE BUldib WahAces 5

the gateway 12 a ggpste These configurations
apd é‘GC&é"?idl a»meﬁu ﬁ’ft kespagrdigatfnay The xecgdved

SichRndel OF atknbwsedgarnb 19 Senkobacktkd ihe the audio
adn1n|s§fator t |nd| te t hat .t he_ confi.quration

béBR Y ddpfe 8t eéﬁ ep¥ Xhe E3gig énFﬁrﬁgﬁﬁrgable
511 Ahn@t&he?rhﬂ&oogamQMay fl2r eenattahitd yr achingd tgatsewhyis line

1&3ngoifpe d&%&%‘gay i 'c'aﬁ“&%”ﬁo '1Cc§alt£dr !%c%&dﬁ?%o‘@%r the SIP

initialisatron procedurée as shown at
i mist ishiowsatino Fighgeeds bat asusers Orfemgttahée radio device 5

C AR W do fp*rl:es(ph%w eved1h) BueRod YRothahdWd§ on the
gat eway “mai n _appl |cat|on requests cqonfiguratiagns fro
E%ﬂ@ﬁel st the

t NESEORf PGETabLEn *AOLs 2at hoyn ip
th&&&ﬁh g@rabuandbmbgstabeuse&dp&&esa& thep skinuclhee *5000#

at eway .nmai_n _appli n,sei zes t he 1R€ ui r.ed

e earanas” Hs, Rl Bs3RRtch «BR0bs, R 11CR iidnomi tted
ffkem Wwhiec radie deguiceed. tRathe tﬁdq@eb@yesﬂ@nal@h&r@umber
rgs%'ov g f ans g&i 29 480e%s 1§ Hhe! D LECEMLEECRANR) on

base ra The receive
port in radlo gateway 12 1abelled RGW2 in Figure 6. Base

radio 10 labelled M1l in Figure 6, which is the receiving
base radio station, is connected to port 4000 of the
receiving gateway 12 labelled RGW1l in Figure 6. The
processor 50 under the control of software 70 in gateway
12 detects the sequence *5000# and the * and the # are
control tones or markers used to indicate a call request.
Gateway 12 labelled RGW1l in Figure 6 extracts the digits
5000 contained within the control tones or markers * and #
and sends out the appropriate SIP signal message to set up
an SIP call to port 5000 in radio gateway 12 labelled RGW2

in Figure 6.

If the user omits the control tones * and # and simply
dials 5000, RGW1l detects 5000 and the absence of the
control tones or markers means that no SIP signalling is

initiated.

If the user holds down the PTT button and transmits the



channel of the base radio 10 is connected to the audio
input line of the gateway 12 by the radio interface
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this line for DTMF digits . Acall is initiated
according to the SIP as shownl#én~Figure 7 by a user of
portable radi o device 5 holding down PTT (Push To

T%E@Jel?zlé‘ét G%ob@otth%omhl%efsh ﬁeuaars SoRHRP k8 ddoRg

,, as shown in Figur | st the button is held
d&?ﬁl%@rﬁs’sé@lﬁeégsseéch@h &H&i;e@ Wi AHeH ty gempleting the
rele@met ha tiT R Byt Rewl #3000deelct l?fesotoroa&szm tt]héd lack of
fr e r.adio gﬁyl e 5 to the_r d|o base 10.

niRL S 1o069 SorREe | GORF PEOBGEREE BB bothpfono SIP
dssghaétﬁ@nlpomuab@dradlo gat eway 12 | abel | ed RGMB in
Figure 6 . Base radio 10 labelled M in Figure 6
which is_the receiving base radio station,

cBEndct showy paith xeferencenh&or &bei #ﬁgrc@a@fémyl Figure 7,
| &hel bed | q?@%kf{Bthﬁgg& €he }Bﬁt&b%g%gsﬁhe5%oFﬁQ%&eth@
C rol_ or so I n_gate ete e

s HipanteTes Soorchine CRE FhanBEERS%: ARG O TR fonedt
ocom&mb&r&omseda&@ rediedatd dutalther egneziol Gonendy bdt

[ r XtLact 8 (o]

cgntgfhngﬁﬁ%h? %%c%ﬁ?F%I %%és OE gg}kgk%'gqgﬁd7§2 to
astepeids dat Whh-@haptbleoplﬂtat & sSepmpilyn Aremtedags pgdio

S%ktﬁp aR £l BCaltlept QOEOVEhQOQQsh%rVQQ'QeQaE%W?%hézpreflx
| abel | ed in F ifgure 6. If the user omts the

cGﬁPFéPlt sRas * Afd rﬁcgﬁaegl nh§ Bracsssofbenr@pprches for

d&hécb%si(i@.@c e thlee adaengeatf stee goatrohd @rt@?p J05 a
kers nmeans_that no SIP,si nal$hn i s initiat

| f
RECERP Tt IEARuA L S BT BT GACURE S AS AP ol bone is
t Fesegduend@E ne)0&hehpmworeslsi goeshéohadepnl/@Be@dnkthéhe data

WEL%”% ?1#:&&[ t%ﬁ%d st es tkﬂéspll: BRgﬁ,’ %fWit‘i«.'%o lé.tudio data
*ggégeang tﬁ@%|§§%%;2%ixwas found, the processor extracts
the DTMF sequence between the two control tones at step
706 and then determines whether the length between those
control tones is greater than zero at step 707. If no,
the control tones are treated simply as data and are sent
as audio data at step 703. If yes (i.e. there is tones

between the * and the #), an SIP call to the SIP user
agent using the digits between the * and the # is set up
at step 708.

The gateways 12 shown in Figure 6 may establish calls
between a radio device 5 to another radio device or to a
telephone via the PSTN network in the manner described
above by using the * and # tones to identify a request to
initiate a call. The gateways 12 may transmit voice calls
from telephones via the PSTN network in the conventional
way, or from a telephone to a radio device at the

destination.



the closing control tone or marker # nmeans that no SIP
signal is initiated. As is shown with reference to the
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control of the software 70 therefore searches for the
prefix control tone * . |If eonbrel tones are received
but the control tone is not present, the process noves

f amespaR ngnaeqléhgpcZQbeomaa@pazoioha whi ¢RetBeare DSP
data iS_sinply_.treated as audi o data. |f;, at step_ 702,

tﬁ@a§H§%éraW§1}é§1§n&ntﬁéepPéPFﬁséeﬁt?BIbFGﬁgse the gateway
reeewdad, cbhelaheceaSaumeﬂ aear sheschonst ke pesthtixiated

ntrol .tone # at ste t 70 deci
rhfeeasnoidientriene podpr FhecERBROPE, BrEoie PR
| Fonoecttkd pe&ephsngsesthe phép EGSGandebheddahanes is in
fFFRhydgﬁﬂéan a%d'?hkﬂgeﬁfg§spﬁé ehikhgnauqigdat a

he '# postfix Is he processor
eﬁﬂﬂ&éﬁénﬁﬁESEYwF 3cpadncetberneerteferpddocdrvicps 5 is in

faagfhahp§b§9 1?% aadrhaga ngﬁrﬁbnﬁgrmﬁil?e&n:h&stenlng
en oS nt.ro nes LS reater
Bpfenang Baedsy to; Rold abin EBAC Balr pBREanspen: Be; ugnts

stﬂphylks daaalandnabeeseat1&staudhntdatheakeaéapezoahe PTT
I£u¥%§ i.e. there is tones between the * and the # )

, PP call to the SIP user agent using the digits
between the * and the # is set up at step 708. The

IRheWAS nhabekoWR R1ELYULE SO agaycgﬁhégkbahteahlﬁase radio
between a radi o device 5 to another radi o device or to

alfel epRENRLOPE Pﬁ@dPsFﬂ kebasek liket RerRdiRefAevice 5. The
dgaeéwbgd1aba%euh¢su&hagrbme bfapde# Pr@nesnteoidert.i f Yo

a_re tiate a_cal he gate s 12

CFRRDARE 55 E AL SpPoRtrar.BRORECRVEY FRodniR DTME
nénwmtk*!mcthhecgatewayomal walp, relehsemthet @TFphdeneeds
L Qo2 kAt endeyirEf ﬁ&g&@e#. Only one talker is allowed at

any time. All connected devices 5 and radio bases 10
would be able to hear the audio.

Figure 8 shows the multi-party call equipment connection
diagram in which gateway 12 and base radio 10 are
connected to operator consoles 15. The consoles 15 may be

regarded in a simplistic sense as phones.

Figure 9 is a diagram showing the transmission control
mechanism. The two operator controls 15 shown in Figure 8
are labelled OCl and OC2 and will be described as such in

the following description.

OCl sends a * to request for PTT as per step 1 in Figure
9. The radio gateway 12 grants the request as per step 2
in Figure 9. OCl switches to transmit mode and starts to
talk as per step 3 and the radio gateway 12 retransmits
the voice packets to all other connected devices (i.e. the

OC2 in Figure 8) as per step 4 and step 5. At step 6,



destination .Ml tiple connections can be made as | ong
as there are DSP channels available in the processor
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SIP calls to be initiated fromthe radio user 5. In
the case of a call between eoageeted tel ephones, the
pai r of connected phones is in full duplex, i.e. phone

uwaa%ﬁzﬂ sacgcu 11160 nYy wwdza%%es»es '%o‘lah.fT'IOf The

connect evices 5 |s in hal f~ dupl ex, |

rarm;mgater@maf%mﬁqqﬂ% R [HesuSHth femidd & AZods 5P 7
heled RN ddie iRTE dautat Qﬁl\Mle@.he ARRited @ tok stapd italking

nabetollst untll rel e t tto
V\V?é"r‘i1 zferﬂ?r?o@r °c éieé%‘r‘? ef%fr %%ggﬁ" ct eglet 0 Jgtens for
raﬂ:amshﬂ,ssaanis ;ﬂumne atdeds .t 0 Alelxbep |9 learddia atmansmlssmn

| P
CRH Vo Y SRR s WP ERAD Bl S L4 [ ERdio
sasfemay BRVERingia the Fegvesjatsondipaly OC2rgate sk gommence
thaiklihg dd zrzmd:s defricnd e BEM digit # . Only one

t al ker |s allowed at any tine. Al connected devices 5
and radi o bases 10 would be able to hear the audio .
Fimurerders Eoss 4 hallildd bepaidrmicaltdedqu phimitling digit
connection.diarmlnvvhl h gat gwa e radj.

10 E S hneet?ad 1 0 operaﬁqh qsccgﬁlso?{lese%: %rp é%ﬁdsleo ke 5
cdmsloisesiomm nehe [RET dysrtied dm hel ssiygsliicstgnd s sithe

ndd RHRP dry auﬁ:.lx@%q@asgww tP¥er e ANSIH SSindie

cont ol mechanism The two operator controls 15 shown
| EHigme 1P Hecelung | todntarpaddemndulgcaise of the

d%&é&l&&%rﬁ%ﬁ% £y %ﬂ&#mﬂéﬁ&q&ﬁ.é&&@mdﬂlﬂm dA#a is not

sends _a to reguest r PTT as r e1|nF| re.9

e T, i R e T AR S ek ft ayCont i Bitmal

2 dnd RilgaiiperdredXdr S0 teettendts thhen ssaduarone G0HY between the

St#”éfatéke #. That signal represents a request to
terminate the call and terminates the call from the radio

device 5.

The gateway 12 maintains a separate record for each
connection initiated by it and upon receiving the signal
from the connected devices requesting termination, will
initiate SIP signalling to terminate each connection one

after another.

Figure 10 represents the call termination in which like
reference numerals indicate like parts to those described
with reference to Figure 9, and Figure 11 is a flowchart

showing how a call termination is made.

With reference to Figure 11, at step 1101 the processor 50
under the control of the software 70 searches for the
prefix control tone *. If the prefix * is not found at
step 1102 the process moves to step 1103 and the DTMF

sequence is treated as audio data and forwarded as such.



talk as per step 3 and the radio gateway 12
retransmts the voice packets to all other connected
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step 5. At step 6 ,while OO is still talking, OC2
requests for PTT. The radi o~gatteway 12 sends a request
denial to 0C2 at step 7 because OO is still talking.

AtzstgR & QJ RhRRP il @f&e@@dm B %tfe% rlqmesihere a
for PTT off. He then [iStens for transm ssions fro

otIfaSh ig made, fon, e RosHfds sonktodt dpae IF found
I ellesiedp flqro?TETxeagaadda:e@yd ndvies tHo B tepadil®aiat evanol? the

grants the requyest so ommenc

PHERRT 3 IR R 4 103, qranhe B BEEGe pent as an
cauditco shigyrtadr mmm:.ca:smyaldesrcgcmhe@t sequence is

sent while the radio user of radio device 5 holds down

the PTT button on his radio and enters the sequence

* 3o taRd 1S 1t 2RE SeIURTES eteieenT ey fanksp 1l tones
r e*C%n‘éf-‘s# tltéateﬁﬁlfdaﬁ&i tad 10750 RhdiCItihd @dbntrol

SIS R c\s H A SR dd e PeRRRation is

smgmm aamd:d h&xqﬂﬂmressm 1=ttt roEcttmet leex et ascfiénce is
b * and the That naI se

ques r(g&taerrﬁeﬁ:é\jte the caﬁl mea & i ng{ g’s t asta calrts
fmuah@e\chdﬁed:m déeb conmlgaxoexm lzzxamqmmcrls tpnes are

S QRAUAIR A1 a‘%ﬁﬁ% @%ﬂﬂ&e%&!&’%éd% tHatad Py 1id3 as
and upon recéiving the si fromthe connected

déHides dqidstend s &ahian t@‘i‘Fen\Mtlhle | nlatr’idat'fé‘esl#P equivalent
Slt@ﬁaiﬂé Rélue 0D0Y R ctREhignen) istepona o ,t &dhe SIP is

[t t
g e N Tl N
t e seesiom ladd stiech rldf%r eridfe the Engwee @t shegp 1108 was
FipQUr §pkl Ji, 54” Ic%éé %&W&J S NQUNY AWAL Y sIP call is

terrinati
initiated as represented by the DTMF sequence which is

extracted as per the flowchart of Figure 7.

In order for the gateway 12 software to provide SIP
initiating services, it needs to be able to derive the SIP
URL from the dialling digits received. When registered to
an SIP server, this is not a problem as received digits
are simply passed on unmodified to the SIP server to be
resolved. When the gateway 12 is working without an SIP
server, it maintains a routing table to carry out the
resolution. The routing table is accessible via the built
in web server and browser in the gateway 12. Since such
routing methods are well known, they will not be described

in further detail herein.

Since modifications within the spirit and scope of the
invention may readily be effected by persons skilled
within the art, it is to be understood that this invention

is not limited to the particular embodiment described by



Wth reference to Figure 11, at step 1101 the
processor 50 under the control of the software 70

waemsobigs4 for the prefix control tone * . |f tPET/PGENG/H00377
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* is not found at step 1102 the process noves to step
1103 and the DTMF sequence isigreated as audi o data
and forwarded as such .If the * is found the process
npves t.0 ste 1Q¢ ﬁgg[ gsearch is made for the
po§¥4|>?)ex§4%;g ohe é%ﬁ found at step 1105 the
process noves to step 1106. If not, the process gpes

tostgR 1HA3 AN FEH AL QHRNGEH 81 Hfedduiaiyli o
signal as previously described. At step 1106, the DTV

s e the IORantton o fRREeP L jiieFg the context
exddAnil sk bmtdwam@ca&safo @{pﬂ’éka:-r Itdeycard rat efcdsmary

soft re 70 st n‘1107 dete 4 S MBS,
as™ WFe‘i’rPé} E%b REES St 1 zimct‘{e%t sg%uaer?}sce s oo
gr‘madmyritim zer d‘cd:ﬁpm;ngf'aammg:stdmtlm@rdaltreplfmlve

Coggr?é e }ﬂé&% RIS fﬂé!!@?ce d O EDled features

t ones are treate udi o data and sent at
sthap: MO8 e pReplude ftfﬁa@s%n%t%r FRddieirn 1RE U

t e il Vil Bl ridud hanbed e 80, o R serie i vanmerbrat
step 1108, the SIPis initiated to disconnect all SIP
user agents connected by the sender at step 1109. |f
the answer at step 1108 was no, the process noves to

step 1110 and an SIP call is initiated as represented
by the DIMF sequence which is extracted as per the
flowhart of Figure 7 . In order for the gateway 12

software to provide SIP initiating services, it needs
to be able to derive the SIP URL fromthe dialling
digits received. Wien registered to an SIP server,
this is not a problemas received digits are sinply
passed on unnodified to the SIP server to be resol ved.
Wien the gateway 12 is working without an SIP server,
it mintains a routing table to carry out the



resolution. The routing table is accessible via the
built in web server and browser in the gateway 12.
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not be described in further detail herein. Since

nodi fications within the spiritp and scope of the
invention may readily be effected by persons skilled
withi.n the art, it is to be understood that this
iﬁé@#&ﬁon is not limted to the particul ar enbodi nent
descri bed byway of exanpl e herei nabove. In the clains
whi ch fol | oy gBdckndhite RL-8a8HIEBE:68S6YEREMOBADrEBENG:
i nvention, except where the context requires otherw.se
due to expr@¥OLERgGEGE P tREBELSIAFFRY FO& FEFSYRRY 2
Wi n'al0 FHos @' radiiov aleviided amds foly @enveartyimigsadie erignal

"conprising” s ysed in an inclusive I ..t

s éhf?ﬁiFﬂ%tnggé CETST e %St & e eg%%%§? Y ﬁgt%Pg
prdesitige ttilom ;pe@sence or addition of further features

in various emhodigents Qhilhe JvavenbiceRnChiigitelay Mas a
voi ce data transm ssi on systen1conpr|s|n3; a vaice

oRFeqeRsHh doRy AR ING & eddnFlngrdisafiye M a

][q@q%i%ﬂéi& afed ifrGre iGoHRY 9t iﬂ&ﬁmﬁhﬁ&i gmaae;tsiom fiarirmtation
or transm ssi.on over network .to an_end destinatiqn;_.

A RF AR 11 WY Gty 9 P SR Iy Thd 400 Siomal

Preac et @f F-tlodke tsdietrialy reresiigizal biyngi OIME eeedfephone, so

r q{'lal.tr RN vJaS} teisq;ﬁ?:l%shteeg n nad i%nS%.%ﬁitq_%tion protocol
i N 11 atTon Protocol I'ch si gnal” does not conprise an
ortdrocinisiggreal coterarthsf et iQ}ndi}ermﬂé\ﬁfg?éd FHypepsion

DINVG i8S Mo td N alr drlini0al e owrs! alid shasvork .

session initiation protocol transm ssion over the

network or term nates a session initiation protoco

t reansm ssi orhey efy st RE Wlakim 4 whEreisy shemsdfgnallai m
1£Mgﬂein.theéﬂémal

ndicative o requirement to initiate or terminate a

session initiation protocol comprises a dialling tone
signal including data to identify the signal as a request

for initiation or termination of the transmission.

3. The system of claim 2 wherein the signal
including the data comprises a control tone followed by at
least one signal tone, followed by at least one further

control tone.

4. The system of claim 2 wherein a signal indicative
of a requirement to initiate a transmission and a signal
indicative of a requirement to terminate a transmission

include the same control tones but different tone signals.

5. The system of claim 2 wherein the tone signal to
initiate a session comprises the number to be called and
the processor is for extracting that number from between

the control tones.



indicative of a requirement to initiate or termnate a
session initiation protocol conprises a dialling tone
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request for initiation or termnation of the
transmssion. 3 . The system @b el aim2 wherein the
si gnal incl udi ng the data conprises a control tone

fof I oned by 4 :% 002 signal 1t %%'re 1ol boyadi Y ialy of

| edst one fur control tone . . The syStem of
cltansmigrians eRsiquiginatd cfd-”tq“\/@ é?°“5“°r"ediﬁdr’é’tré°rﬂrt of

t GHdidd tdvwiay? Wil S Hrh sMiG A ol Pilng HH IR duga f .
a requirenent to termnate a transm ssion include the

same control tones but different tone signals . 5 .
The. system thdﬂ@lﬁﬁe’!h \dfercaJalint Ite whenreisi ¢ivel gadeway

I n| tiat
an r{thee"br OCGSSOT ad: rrpc{éﬁ rac |EInigli aﬁt%u% f“{r

bet ween t he control tones 6 The systemof claiml

wherein a pW%kﬂ(gétéH dﬂ”ﬂﬁiﬁﬁﬁlQ&%ﬁé&h‘ﬂﬂéﬁdﬁﬁﬂém is a
froma comon ra ort of the atev}_r/?% with th

t FEHSHR <R Jdbi'r?@%mm and twgrk Sigrises the
claigaihawerein the gateway controls which radio

device is allowed to transmt. 8 . The systemof claim

1 wherein the systemis a voice over internet system

argl. t he net BorvoicEnpidtse S naresnissdanetsysten A aoyRzising:

data transm_ssigy Q?esyos\;eexmlrpgm{é@lg@ce&ycg&e Riving a

i nt er net gateway recelving a signal froma radio
desdgralirframra ceade? tdeit anend gﬁﬁff GREEH B o rsignal

t radSdN SShRe OFSF SrANNNDEdi d0 e HeshoriattoOmn end
wherein the voice over internet gateway has a

prdRESERAEFR 7 recei ving an of f-hook signal froma DITMF
wherein the voice over internet gateway has a

processor for receiving an off-hook signal from a DTMF
telephone or an on-hook signal from a DTMF telephone to
initiate or terminate a session initiation protocol so
that the gateway establishes a session initiation protocol
transmission over the network, or terminates a session
initiation protocol transmission over the network; and

wherein the processor being for also receiving a
signal from a radio device which is not able to produce an
off-hook or on-hook signal, the signal comprising a tone
signal containing control data for identifying the signal
as a signal to initiate or terminate a session initiation
protocol so that upon receipt of the signal, the gateway
establishes a session initiation protocol transmission
over the network or terminates a session initiation

protocol transmission over the network.

10. The system of claim 9 wherein the signal
indicative of a requirement to initiate or terminate a
session initiation protocol comprises a dialling tone

signal including data to identify the signal as a request



t el ephone or an on-hook signal froma DTM tel ephone
toinitiate or termnate a session initiation protoco
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protocol transm ssion over the network, or term nates

a session initiation protocotl 21anRsm ssion over the

networ k; and wherein the processor being for also

reegkVi k gpak..f j V] j ks _not

e FR s it o S

signal conprising a tone signal containing contro

data.for idemhefyyogehor ScBnBh 6 PStEIR! the signal
injtiate. o %grn1n te a session initiation protoc0ol so

t hAtCUPOh"F e EBPpEa6F CREPELGRAI2 FRRtEAtehiye followed by at
esladstsbre aigesli boneni fohlowad byt 8€0lehs8N6ALSFuBBher
ovebnths1 NELYRrk or ternminates a session initiation

protocol transm ssion over the network. 10. The system

of claim9 wherein the signal indicative of a

regalrement tKe | &fd téh OO clLf TALPL &SP 54 Ol gnal
initiation protocol conprises a dialling tone sTgnal

i nw%?w\a%ta td FaEntFegerhete nbbiate a2 bypeenigpion and
| natsignah mdiestivat bbna ofeditbrdfient sSt&fniddte a

T cl ai 0 erein the signpal includjng.

t gr%%{if%%%? i Jé%%ﬂé&% 0#‘1? ol 1% n%°?5¥‘?j3m;éﬁn%§/ Bet ‘g’a%ferent
onkore ghkdnabme, fol l owed by at | east one further

control tone . 12 . The systemof claim 11l wherein a

sigﬁal indicative of a requirement to initiate a

t rihsmi ssi ot tsy i 9lndime ] whesfein rtheiitamemignal to

t but different_tone si %Qaloiweris s }gﬂﬁnﬁ{%ifed and
ones bu ifferen Si Is . . Sys

o) AR TR 119 HEOT RGNS {3 1P o 5k chagpreen
corlpr ismstidie tomder to be called and the processor is

for extracting that nunber from between

t lABETBatL Sodd Do tSHhOk

14. The system of claim 9 wherein a plurality of
transmissions can originate from a common radio port of

the gateway with the transmission being half duplex.

15. The system of claim 9 wherein the gateway

controls which radio device is allowed to transmit.

16. The system of claim 9 wherein the system is a
voice over internet system and the network comprises the

internet.

17. A voice data transmission method comprising:
receiving a signal from a radio device and for
converting the signal to a format for transmission over a
network to an end destination; and
detecting a signal indicative of a requirement to
initiate or terminate a session initiation protocol, which
signal does not comprise an on-hook signal or an off-hook

signal provided by a DTMF telephone, to establish a



the control tones . 14. The systemof claim9 wherein
a plurality of transm ssions can originate froma
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bei ng hal f duplex. 15 . The systemof claim9 wherein
t he gateway controls which radpp device is allowed to
transmt. 16. The systen1of claim9 mherein the system

' r S s n1and the.
Lo sasbleh® iR acdbe! Beb iRl M ARG UL 08 BRRE the; grtwork
nepﬁo&e@@#pﬁ¢§5ng.se§§epn|ngl&lsmgpalptpannalradaosmission

deyiwee aRd Lekyeerverting the signal to a format for
transm ssi on over a network to an end destinati on; and

detecting a signal indicative of a requirenment to

|n&B|ate or Tnénmeehedaoﬁeasaﬂﬁ ini $hatéon EBQtQEQhal
s not cogg? ge an . on- hook signal qQr an

o 151800, 60°8 2Ol EPNAPLELBERORE. tegminate a

essebsnsh ase;sa@hohnprpabcom peapedekst aadsailisngntone

OVgh BQQ RREYRGK rdggénkgaiﬁénél?gbébgnT%Bh%gaglo?hogquest

protoco transm sSi on over t

of feFainitiakhenrers tremingkapni afi thei tsapsmission.
requirenent to initiate or term nate a session
'ni%iation pr.ot ocol rises.,a dialling tone signa

adi ng da %?t%eFﬁ%at Fyelatnsignuhezgin theusignsdy
i niheatdongotheedataatomproftetha &6ﬁﬁﬁ8]l.sﬁbﬁ€ £391loWkE by at

ne 0 I 1 erei e si.g luding_th
iQQQt gngsggggagoﬁhrof 8%2°V%FI §e3F£I§3§t§BﬁEher

S|gﬁatr9 ngoneéel | owed by at | east one further contro

tone . 20. The nethod of claim 18 wherein a signa

indicative of a requirenent_to initiate a transm ssion
an The method of claim 18 wherein a signal

indicative of a requirement to initiate a transmission and
a signal indicative of a requirement to terminate a
transmission include the same control tones but different

tone signals.

21. The method of claim 18 wherein the tone signal to
initiate a session comprises the number to be called and
the processor is for extracting that number from between

the control tones.

22, The method of claim 17 wherein a plurality of
transmissions originate from a common radio port of the

gateway with the transmission being half duplex.

23. The method of claim 22 wherein the method further
comprises controlling which radio device is allowed to
transmit.

24, The method of c¢laim 17 wherein the voice data is

transmitted over the internet and the system comprises the

internet.
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wherein the tone signal to initiate a session

conprises the nunber to be eabBed and the processor is
for extracting that nunber from between the contro
tones . 22 . The nethod of claim 17 wherein a

plurality of transm ssions originate froma conmmon
r&8i-o port &f vPheegdabaafranchichéonr BAthPYdsi 6AMBEILAENG:

hal f dunlexre%alehg gebhgda0f sebal A 23avBeneRckh8nd for
nmet hod furth S controllln% whi ch radi o
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25. A voice a ansm ssi on e , r sing
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over a network to an _end destination; receivin
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session initiation protocol transmission over the network
or terminates a session initiation protocol transmission

over the network.

26. The method of claim 25 wherein the signal
indicative of a requirement to initiate or terminate a
session initiation protocol comprises a dialling tone
signal including data to identify the signal as a request

for initiation or termination of the transmission.

27. The method of claim 26 wherein the signal
including the data comprises a control tone followed by at
least one signal tone, followed by at least one further

control tone.

28. The method of claim 26 wherein a signal
indicative of a requirement to initiate a transmission and
a signal indicative of a requirement to terminate a
transmission include the same control tones but different

tone signals.



session initiation protocol transm ssion over the
network or termnates a session initiation protoco
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25 wherein the signal indicative of a requirenent to
initiate or termnate a sessi@Aa +nitiation protoco

conprises a dialling tone signal including data to

i ggntify th@h%'ﬂ@@hoasof EQQHﬁSQSfQﬁethﬁ'@Eéoﬂoﬁé signal to
term nation of the transm ssion., 27. The nethod of

cRaiH 2GS Re FEER1PRe cern@ﬁalseﬁnd:h&dﬁﬁglbﬁﬁe tgabg called and

C @R e&s@@ntﬂso Eokroa& thrakiangd thy tahulbast £f@86 between
si.gnal t foll owed by at | east one further contro

5% r°%h &°BEChod of claim 26 wherein a signa

i ndicative of a requirenent to initiate a transm ssion

ang 2 i gnahyLgLeablveeoL: 8;heayl LAIRALL! 0 bELILISLG of
atransm ssion 1nc e the sane contro tone

ditrRasaissions srggingterfromha gemmes sRrdiPaperisof a
WoRehRyt ke thoRBesSitdBRkmidsiBnt AL hSeFSRAPlex.
conprisés the nunber to be called and the processor is
for extracting that nunber from between the contro
tanes . 30. Theemsehbddodf cthamn2B5Swhbeethnthephathbit further

of transn133|ons i.ai_na romsa cof

R A e R I e
Theamsmiidd of cIa|n125 wherei n the nethod further
conprises controlling which radio device is allowed to
transmt . 32 . The nmethod of claim25 wherein the
vélce data Thet pakbaf pEédcdaér RRevbareiRethgnyoirg data is

S haFG ¥R SRer! RBd Ah®iflet and the system comprises the

internet.



