FSK message indication service for analog telephone
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Abstract: - This paperdescribeganimplementatiorof “messagéndicating” onananalogtelephonaisingthe Fre-

gueny Shift Keying (FSK) for telephonesxchangesystemSI2000V5. With a FSK recever connectedetween
the telephoneandthe local exchangewe can provide functionslike CLIP (Calling Line IdentificationPresen-
tation), CLIR (Calling Line IdentificationRestriction),called party numbey andredirectnumberpresentatiorio

analogtelephonausers.FSKis primarily usedfor calleridentification,but canalsobe usedfor storageof missed
callsandary othersupplementargervicebasedn calleridentification.
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1 Introduction

In thelastdecadedeploymentof telecommunications
servicegs onitsrise. Theprogresgocusedon supple-
mentaryservices,introductionof IntegratedServices
Digital Network (ISDN), and corvergenceof tradi-
tional andpaclet-basedetworks. Neverthelessthere
arestill alot of analogtelephonesubscribersvorld-
wide. FSK (Frequeng Shift Keying) modulationen-
ablestelecomsto provide additional servicesto the
analogtelephonesubscribersTherefore we have de-
cidedto implementmessagéndicationserviceon the
analogtelephondor the exchangesystemSI2000V5.

ThetelecommunicatiogystemSI12000V5 is devel-
opedby IskraTEL d.o.0.,Slovenia. It is a contempo-
rary data-controlledwitchingsystemandcanbe con-
nectedo telecommunicatiometworks on a variety of
hierarchicallevels. It canbe usedasan accessnode
for analogandISDN subscribersasa switchnodefor
smallor medium-sizedhetworks, or asatrunk unit. It
providesa simpleway to plan andbuild telecommu-
nication networks with differenttelephonesxchange
configurations.

Our messagéndicatingserviceimplementatiorfor
S12000 V5 supportsthree technologies: AON (Av-
tomaticheske OpredelenieNomera), FSK basedon
ETSI(EuropearTelecommunicationStandards$nsti-
tute) specificationsand FSK basedon Bellcorespec-
ifications. AON is a registration signalling system
which is usedin Russiannetworks for caller identi-
fication when users call signalling doesnot provide
call catgyory (voice, data,fax) andcaller number If
the useris not authorisedfor AON, caller numberis
not available,or indicationis not allowed, AON func-

tionality is ignored. The ETSI versionof FSK is used
in mostof Europe. In the USA, the Bellcoreversion
dominates Both versionssupporttwo modesof mes-
sagetransfer— on-hookandoff-hook. The only dif-
ferencebetweenETSI and Bellcore implementations
is thefrequeng usedfor modulation.

FSK messagdransferis usually associatedwith
ringing. Datatransmissiorcanoccurprior to ringing
or during ringing. If the called party is alreadyen-
gagedin a cornversationpff-nook FSK messagérans-
fer occurs(FSK messagéransfernot associatedvith
ringing). Both modesof operationareillustratedwith
the practicalexampleshavn in Fig. 1.
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Fig. 1: Exampleof on-hookandoff-hook FSK trans-
missionmodes.

Let us supposethat User B is subscribedto Call
Waiting. WhenUserA calls UserB, transmissiorof
FSKmessages associateevith ringing. As shavnin
Fig. 1, thecaller'snumber(7210)is presentedo User
B afterhe/shereceives“FSK on-hook” signal. When
UserC callsUserB while heis talking to UserA, off-



hook FSK messagéransferoccurs.As shovn in Fig.
1, the caller's number(7212)is presentedo UserB
after he/shereceves “FSK off-hook” signal. In this
operationmode, messagearetransportedvhile User
B’s handseis off-hook. In this article we will focus
only on on-hookFSK messagéransmissionmode.
Section2 gives an overview of the FSK protocol
implementation.In section3, detailedon-hookFSK
specificatioris presentedSectiond indicateshow and
wherethe serviceis implementedn SI2000V5 tele-
phoneexchangesystensoftware.Finalremarksabout
implementatiorissuesaregivenin the conclusion.

2 FSK protocol implementation
Ourimplementatiorconsistof Presentatiotayerand
DataLink layer SDL (Specificationand Description
Language)programcode. SDL is a standardormal
languag€dor the specificatioranddescriptionof real-
time, concurrentandheterogeneousystemg3]. Pro-
gramcodefor Physicallayerhasbeenwrittenin theC
programmindanguage.

The Presentatiotayer codegenerate®resentation
layer messageg¢Fig. 2). They consistof a number
of parameters.Eachparameteicontainsthe parame-
tertype,parametetength,andparametedataoctet(s).
The parametetype is one octetlong binary-encoded
value. The specificatiordefinesthe following param-
etertypes:

e DateandTime (8 octets),

e Calling Line ldentity Presentation(max. 20
octets),

e CallerParty Number(max. 20 octets),

e Reasonfor absenceof Caller Line Identity (1
octet),

e Calling Party Name(max. 50 octets),

e Reasonfor absenceof Caller Party Name (1
octet),

e Visuallndicator(1 octet),

e ComplementanyCalling Line Identity (max. 20
octets),

e Call Type(1 octet),

e First CalledLine Identity (in caseof forwarded

call) (max. 20 octets),

Network MessagesystemStatug(1 octet),

Type of ForwardedCall (1 octet),

Type of Calling User(1 octet),

RedirectingNumber(1 octet).

The DataLink layer programcodegenerate®ata
Link layer messages. They consistof the channel
seizuresignal, mark signal, messagdype, and mes-
sagelengthappendedo a Presentatiofayermessage
(Fig. 3). They are also responsiblefor providing
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Fig. 2: Presentatiotayermessage.

bit error detectioncapability This protocoldoesnot
provide messageetransmissionTherefore,it hasno
needfor sequenceaumberor acknavledgemengen-
eration.
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Fig. 3: DataLink layermessage.

In moredetail,a DataLink layer messagéncludes
thefollowing fields:

e Channekeizuresignalconsistsof 300 bits of al-

ternatingzerosandones.

e Mark signal(180 (£ 20) mark bits of alternating
zerosandones)is usedfor synchronisation.

e Messagetype (one octet) is a binary-encoded

value.Call Set-uptypeis usedmostoften.
e Messagdength (one octet) is a binary-encoded

value. The messagdype, messagdength and
checksunoctetsarenotincludedin the message

length.
e Checksumcontains the two’s complementof

modulo 256 sumof all octetsfrom the message
type field to the end of Presentatiodayer mes-
sage.

Physical layer is usedfor messagesubmissiornto the

telephondine. A startbit (zero)anda stopbit (one)
areaddedto eachDatalink messag@ectet. The mes-
sagesare sentserially. After the last bit of a Data
Link messagéasbeensent,the transmissiorshould
stop. Simplex asynchronousoicebanddatatransmis-
siontechniqués usedto transferdatato thetelephone.
A frequeny modulatoris requiredin the local ex-

changeanda demodulatoin theterminalequipment.

3 On-hook FSK message transmission
Transmissiorof FSK messageassociatedvith ring-
ing hastwo logical parts:

e datatransmissiorprior to ringing,
e datatransmissiorduringringing.

First, Terminal equipmentAlert Signal (TAS) hasto
be sent. TAS alertsthe telephoneequipmentthat it
will receive FSK datain thenearfuture (45—500ms).
After successfuFSK datatransmissionthenormalin-
comingcall procedurés executed.



3.1 Terminal equipment Alert Signal
ETSI definesthreetypesof TAS signals. We have
testedonly two of them:

e aDual ToneAlerting Signal(DT-AS),
e aRingingPulseAlerting Signal(RP-AS).

Which one will be usedis a network operators
choice,but the samemethodshouldalso be usedfor
datatransmissiomot associateavith ringing.
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Fig. 4. Datatransmissiorprior to ringing.

3.2 Datatransmission prior toringing

The signalflow for datatransmissiorprior to ringing

is shavn in Fig. 4. DT-AS usestoneswith the fre-

queng of 2130Hz and2750Hz. Signalsshouldbe
100 ms (£10 ms) long andthe level of eachcompo-
nentmustnot be higherthat -15 dBm/tone(+2 dB).

Time betweertheendof DT-AS andstartof FSK data
transmissiorshouldbe betweemd5 and500 ms. This

assuresufiicient time delay that the terminal equip-
mentcanprepareto receve FSK data. Ringing starts
200 to 500 ms after the FSK datatransmissionand
normalincoming call procedures conducted.If the
telephonesubscribeiis not authorisedor FSK, if the
callernumbeiis not presentpr theindicationis notal-

lowed, the normalcall procedureshouldbe executed.
If the calledparty answeredhe call beforeFSK data
weresent,theconnectioris establishedvithout trans-
missionof the FSK data.

The RP-ASis a shortring pulseon the telephone
equipmentThedurationof theRP-ASis betweer200
and300ms. Signallevelsarethe sameasspecifiedfor
ringing. Time betweenhe endof RP-ASandstartof
FSK datatransmissiormustbe between500 and 800
ms. Ringing starts200to 500 ms afterthe FSK data
transmissiorandthe normalincomingcall procedure
is conducted.

3.3 Datatransmission during ringing
With datatransmissiorduring ringing FSK transmis-
sionoccursduringfirst silentperiodbetweertwo ring

patternsasshavn in Fig. 5. Thefirst ring patternrep-
resentsTAS which alertsthe terminalequipmenthat
the local exchangehas preparedFSK data. After a
specifiedimeinterval thatenableserminalequipment
to preparethe FSK dataaresent. The normalincom-
ing call procedureccursafterthe FSK datareception.
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Fig. 5: Datatransmissiorduringringing.

4  Service software implementation
The S12000V5 systemsoftware is divided into the
CVA and CDA part. The hierarchicalstructureand
communicationpathsbetweenthe two are shavn in
Fig. 6.

SCANDRY is anoperatotthatscanghe stateof the
analogtelephondine. It is alsousedfor ringing gener
ation, polarisatiorturning,andtariff pulsegeneration.
Whena changeis detecteda signalis sentto CAS-
mux thatpreparegontrolsignalsandgenerate ASIO
processestachtelephondine hasits own ASIO pro-
cess.TheASIO procesperformscall controlwith the
helpof ASSC.OnanASIO requesttheSAM manager
generatean ASSC processn which the call control
and datapreparationthat are usedlater for message
issuesareperformed.

The UO processesare generatedby the OMUX
manager It recevesthe datafrom the ASIO process
andsubmitsthedatato the UO. UO’sjob is to control
theline signalsof CAS andASS (Analog Subscriber
Signalling). Eachtelephondine hasits own UO pro-
cess.

MFmux is a managetthatissuesrequestdor FSK
generatoiseizureto TGCM. Its purposeis alsoto al-
locatethe free dualtonegeneratorsTGCM generates
andcontrolsa FSK_ GEN processwhich recevesthe
datafor submissionand sendsthosewith the deter
minedtime controlto DSPDRY. If neededFSK GEN
cangenerateommanddgor the DT_AS signalgenera-
tion.

DSPDR is adigital signallingprocessodriverthat
submitsmessagesia thetonegeneratorgrom thelo-
cal exchangeo thetelephoneequipmentlt is a static



process.
All describedorocessearestaticexceptfor ASIO,

ASSC,UQ, andFSK_GENthataredynamic.Majority

of dataflow goesthroughprocessnanagergFig. 6).

Fig. 6: CommunicatiorbetweenCVA andCDA.

The dataflow at the connectionestablishmenis
shavn in Fig. 7. First, SCANDRV scansthe tele-
phoneline. Whenit determinesthat the telephone
recever hasbeenpicked up, the dataare submitted
to CASmux. CASmuxthen generatesASIO, which
requestsASSC generationusing the SAM manager
ASSCthenreadghesubscribedatafrom thedatabase
and submitsthem through CASmux back to ASIO,
which then checksthe stateof the called party with
SCANDRV. If ASSCfindsthatthe calledpartyis au-
thorisedfor FSK, it requestgeneratiorof FSK.GEN
from MFmux. It submitsthisrequesto TGCM, which
generatesSK GEN. WhenFSK_GEN is createdan
acknavledgesignalis sentbackto ASSC.Now ASSC
sendshe FSK datadirectly to FSK. GEN. FSK.GEN
takes careof the time requestsand sendsthe datato
DSPDR. It handlesthesedataand submitsthemto
the channel. Next, ASSC requestghe generationof
UO from OMUX. UO takescareof further call flow
actions.

5 Conclusion

FSKis primarily usedfor calleridentification,but can
alsobe usedfor storageof missedcallsandary other
supplementangervicebasedon caller identification.
At thistime, phoneghatdo not supportthe FSK pro-
tocol present serioudimitation to wider deployment
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Fig. 7: Signalflow betweenCVA andCDA.

of this service. This can be solved with small spe-
cialised units that would be connectedo the users’
analogtelephones.

When comparingthe analogtelephory and ISDN
service'information display”, we canobsene thefol-
lowing distinctions:

e In the analog telephory, messagesare sent
by channel-associatedignalling (CAS). With
ISDN, they are sentvia the D channelthusus-
ing common-channeadignalling(CCS).

¢ ISDN supportgheindicationof paymeniandcall
durationtime. Analogtelephoneslo not support
thatatthis moment.

If wewantto provide ISDN functionality of “informa-
tion display” serviceto analogsubscribersthe speci-
ficationwill haveto beupgraded.

The FSK is implementedin the SI2000 V5 ex-
changesystemin product versionsla5071 (access
node),Is5071(switch node),and higher Ourimple-
mentationof messagéndicatingserviceis fully com-
pliant with ETS 300 659-x [1,2] andis available in
exchangesystemSI2000V5.
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