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Abstract: - Thispaperdescribesanimplementationof “messageindicating”onananalogtelephoneusingtheFre-
quency Shift Keying (FSK) for telephoneexchangesystemSI2000V5. With a FSK receiver connectedbetween
the telephoneandthe local exchange,we canprovide functionslike CLIP (Calling Line IdentificationPresen-
tation),CLIR (Calling Line IdentificationRestriction),calledpartynumber, andredirectnumberpresentationto
analogtelephoneusers.FSK is primarily usedfor calleridentification,but canalsobeusedfor storageof missed
callsandany othersupplementaryservicebasedoncalleridentification.
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1 Introduction
In thelastdecade,deploymentof telecommunications
servicesis onits rise.Theprogressfocusedonsupple-
mentaryservices,introductionof IntegratedServices
Digital Network (ISDN), and convergenceof tradi-
tional andpacket-basednetworks.Nevertheless,there
arestill a lot of analogtelephonesubscribersworld-
wide. FSK (Frequency Shift Keying) modulationen-
ablestelecomsto provide additional servicesto the
analogtelephonesubscribers.Therefore,we have de-
cidedto implementmessageindicationserviceon the
analogtelephonefor theexchangesystemSI2000V5.

ThetelecommunicationsystemSI2000V5 is devel-
opedby IskraTELd.o.o.,Slovenia. It is a contempo-
rarydata-controlledswitchingsystemandcanbecon-
nectedto telecommunicationnetworkson a varietyof
hierarchicallevels. It canbe usedasan accessnode
for analogandISDN subscribers,asaswitchnodefor
smallor medium-sizednetworks,or asa trunk unit. It
providesa simpleway to plan andbuild telecommu-
nication networks with different telephoneexchange
configurations.

Our messageindicatingserviceimplementationfor
SI2000 V5 supportsthree technologies:AON (Av-
tomaticheskoe OpredelenieNomera),FSK basedon
ETSI(EuropeanTelecommunicationsStandardsInsti-
tute)specifications,andFSK basedon Bellcorespec-
ifications. AON is a registration signalling system
which is usedin Russiannetworks for caller identi-
fication whenuser’s call signallingdoesnot provide
call category (voice, data,fax) andcaller number. If
the useris not authorisedfor AON, caller numberis
not available,or indicationis not allowed,AON func-

tionality is ignored.TheETSI versionof FSK is used
in mostof Europe. In the USA, the Bellcoreversion
dominates.Both versionssupporttwo modesof mes-
sagetransfer— on-hookandoff-hook. Theonly dif-
ferencebetweenETSI andBellcore implementations
is thefrequency usedfor modulation.

FSK messagetransfer is usually associatedwith
ringing. Datatransmissioncanoccurprior to ringing
or during ringing. If the called party is alreadyen-
gagedin aconversation,off-hookFSKmessagetrans-
fer occurs(FSK messagetransfernot associatedwith
ringing). Both modesof operationareillustratedwith
thepracticalexampleshown in Fig. 1.

Fig. 1: Exampleof on-hookandoff-hook FSK trans-
missionmodes.

Let us supposethat User B is subscribedto Call
Waiting. WhenUserA calls UserB, transmissionof
FSKmessagesis associatedwith ringing. As shown in
Fig. 1, thecaller’snumber(7210)is presentedto User
B afterhe/shereceives“FSK on-hook”signal. When
UserC callsUserB while heis talking to UserA, off-



hookFSK messagetransferoccurs.As shown in Fig.
1, the caller’s number(7212) is presentedto UserB
after he/shereceives “FSK off-hook” signal. In this
operationmode,messagesaretransportedwhile User
B’s handsetis off-hook. In this article we will focus
only on on-hookFSK messagetransmissionmode.

Section2 gives an overview of the FSK protocol
implementation.In section3, detailedon-hookFSK
specificationis presented.Section4 indicateshow and
wherethe serviceis implementedin SI2000V5 tele-
phoneexchangesystemsoftware.Final remarksabout
implementationissuesaregivenin theconclusion.

2 FSK protocol implementation
Our implementationconsistsof Presentationlayerand
Data Link layer SDL (Specificationand Description
Language)programcode. SDL is a standardformal
languagefor thespecificationanddescriptionof real-
time,concurrent,andheterogeneoussystems[3]. Pro-
gramcodefor Physicallayerhasbeenwritten in theC
programminglanguage.

ThePresentationlayercodegeneratesPresentation
layer messages(Fig. 2). They consistof a number
of parameters.Eachparametercontainsthe parame-
tertype,parameterlength,andparameterdataoctet(s).
The parametertype is oneoctet long binary-encoded
value. Thespecificationdefinesthefollowing param-
etertypes:

� DateandTime(8 octets),� Calling Line Identity Presentation(max. 20
octets),� CallerParty Number(max.20 octets),� Reasonfor absenceof Caller Line Identity (1
octet),� CallingParty Name(max.50octets),� Reasonfor absenceof Caller Party Name (1
octet),� VisualIndicator(1 octet),� ComplementaryCalling Line Identity (max. 20
octets),� Call Type(1 octet),� First CalledLine Identity (in caseof forwarded
call) (max.20 octets),� Network MessageSystemStatus(1 octet),� Typeof ForwardedCall (1 octet),� Typeof CallingUser(1 octet),� RedirectingNumber(1 octet).

The DataLink layer programcodegeneratesData
Link layer messages.They consistof the channel
seizuresignal, mark signal, messagetype, and mes-
sagelengthappendedto a Presentationlayermessage
(Fig. 3). They are also responsiblefor providing
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Fig. 2: Presentationlayermessage.

bit error detectioncapability. This protocoldoesnot
provide messageretransmission.Therefore,it hasno
needfor sequencenumberor acknowledgementgen-
eration.
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Fig. 3: DataLink layermessage.

In moredetail,a DataLink layermessageincludes
thefollowing fields:

� Channelseizuresignalconsistsof 300bits of al-
ternatingzerosandones.� Mark signal(180(± 20) markbits of alternating
zerosandones)is usedfor synchronisation.� Messagetype (one octet) is a binary-encoded
value.Call Set-uptypeis usedmostoften.� Messagelength (oneoctet) is a binary-encoded
value. The messagetype, messagelength and
checksumoctetsarenot includedin themessage
length.� Checksumcontains the two’s complementof
modulo256 sumof all octetsfrom the message
type field to the end of Presentationlayer mes-
sage.

Physical layer is usedfor messagesubmissionto the
telephoneline. A startbit (zero)anda stopbit (one)
areaddedto eachDataLink messageoctet.Themes-
sagesare sentserially. After the last bit of a Data
Link messagehasbeensent,the transmissionshould
stop.Simplex asynchronousvoicebanddatatransmis-
siontechniqueis usedto transferdatato thetelephone.
A frequency modulator is required in the local ex-
changeandademodulatorin theterminalequipment.

3 On-hook FSK message transmission
Transmissionof FSK messagesassociatedwith ring-
ing hastwo logicalparts:� datatransmissionprior to ringing,� datatransmissionduringringing.

First, TerminalequipmentAlert Signal (TAS) hasto
be sent. TAS alertsthe telephoneequipmentthat it
will receiveFSKdatain thenearfuture(45– 500ms).
After successfulFSKdatatransmission,thenormalin-
comingcall procedureis executed.



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

� aDualToneAlerting Signal(DT-AS),� aRingingPulseAlerting Signal(RP-AS).

Which one will be used is a network operator’s
choice,but the samemethodshouldalsobe usedfor
datatransmissionnotassociatedwith ringing.

Fig. 4: Datatransmissionprior to ringing.

3.2 Data transmission prior to ringing
Thesignalflow for datatransmissionprior to ringing
is shown in Fig. 4. DT-AS usestoneswith the fre-
quency of 2130Hz and2750Hz. Signalsshouldbe
100 ms (±10 ms) long andthe level of eachcompo-
nentmustnot be higher that -15 dBm/tone(±2 dB).
Timebetweentheendof DT-AS andstartof FSKdata
transmissionshouldbebetween45 and500ms. This
assuressufficient time delay that the terminalequip-
mentcanprepareto receive FSK data.Ringingstarts
200 to 500 ms after the FSK data transmissionand
normal incomingcall procedureis conducted.If the
telephonesubscriberis not authorisedfor FSK, if the
callernumberis notpresent,or theindicationis notal-
lowed,thenormalcall procedureshouldbeexecuted.
If thecalledpartyansweredthecall beforeFSK data
weresent,theconnectionis establishedwithout trans-
missionof theFSK data.

The RP-AS is a short ring pulseon the telephone
equipment.Thedurationof theRP-ASis between200
and300ms.Signallevelsarethesameasspecifiedfor
ringing. Time betweentheendof RP-ASandstartof
FSK datatransmissionmustbebetween500and800
ms. Ringing starts200 to 500 ms after the FSK data
transmissionandthenormalincomingcall procedure
is conducted.

3.3 Data transmission during ringing
With datatransmissionduring ringing FSK transmis-
sionoccursduringfirst silentperiodbetweentwo ring

patternsasshown in Fig. 5. Thefirst ring patternrep-
resentsTAS which alertsthe terminalequipmentthat
the local exchangehaspreparedFSK data. After a
specifiedtimeinterval thatenablesterminalequipment
to prepare,theFSK dataaresent.Thenormalincom-
ing call procedureoccursaftertheFSKdatareception.

Fig. 5: Datatransmissionduringringing.

4 Service software implementation
The SI2000V5 systemsoftware is divided into the
CVA and CDA part. The hierarchicalstructureand
communicationpathsbetweenthe two are shown in
Fig. 6.

SCANDRV is anoperatorthatscansthestateof the
analogtelephoneline. It is alsousedfor ringinggener-
ation,polarisationturning,andtariff pulsegeneration.
Whena changeis detected,a signal is sentto CAS-
mux thatpreparescontrolsignalsandgeneratesASIO
processes.Eachtelephoneline hasits own ASIO pro-
cess.TheASIO processperformscall controlwith the
helpof ASSC.OnanASIO request,theSAM manager
generatesan ASSCprocessin which the call control
anddatapreparation,that areusedlater for message
issues,areperformed.

The UO processesare generatedby the OMUX
manager. It receivesthe datafrom the ASIO process
andsubmitsthedatato theUO. UO’s job is to control
the line signalsof CAS andASS(AnalogSubscriber
Signalling). Eachtelephoneline hasits own UO pro-
cess.

MFmux is a managerthat issuesrequestsfor FSK
generatorseizureto TGCM. Its purposeis alsoto al-
locatethefreedualtonegenerators.TGCM generates
andcontrolsa FSK GEN process,which receivesthe
datafor submissionand sendsthosewith the deter-
minedtimecontrolto DSPDRV. If needed,FSK GEN
cangeneratecommandsfor theDT AS signalgenera-
tion.

DSPDRV is adigital signallingprocessordriverthat
submitsmessagesvia thetonegeneratorsfrom thelo-
cal exchangeto thetelephoneequipment.It is a static



process.
All describedprocessesarestaticexceptfor ASIO,

ASSC,UO,andFSK GENthataredynamic.Majority
of dataflow goesthroughprocessmanagers(Fig. 6).
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Fig. 6: CommunicationbetweenCVA andCDA.

The data flow at the connectionestablishmentis
shown in Fig. 7. First, SCANDRV scansthe tele-
phoneline. When it determinesthat the telephone
receiver hasbeenpicked up, the dataare submitted
to CASmux. CASmux then generatesASIO, which
requestsASSC generationusing the SAM manager.
ASSCthenreadsthesubscriberdatafrom thedatabase
and submitsthem throughCASmux back to ASIO,
which then checksthe stateof the called party with
SCANDRV. If ASSCfindsthat thecalledparty is au-
thorisedfor FSK, it requestsgenerationof FSK GEN
from MFmux. It submitsthisrequestto TGCM,which
generatesFSK GEN. WhenFSK GEN is created,an
acknowledgesignalis sentbackto ASSC.Now ASSC
sendstheFSK datadirectly to FSK GEN. FSK GEN
takescareof the time requestsandsendsthe datato
DSPDRV. It handlesthesedataandsubmitsthemto
the channel. Next, ASSCrequeststhe generationof
UO from OMUX. UO takescareof further call flow
actions.

5 Conclusion
FSKis primarily usedfor calleridentification,but can
alsobeusedfor storageof missedcallsandany other
supplementaryservicebasedon caller identification.
At this time, phonesthatdo not supporttheFSK pro-
tocolpresentaseriouslimitation to widerdeployment

Fig. 7: Signalflow betweenCVA andCDA.

of this service. This can be solved with small spe-
cialisedunits that would be connectedto the users’
analogtelephones.

When comparingthe analogtelephony and ISDN
service“informationdisplay”,wecanobserve thefol-
lowing distinctions:

� In the analog telephony, messagesare sent
by channel-associatedsignalling (CAS). With
ISDN, they aresentvia the D channel,thusus-
ing common-channelsignalling(CCS).� ISDN supportstheindicationof paymentandcall
durationtime. Analogtelephonesdo not support
thatat this moment.

If wewantto provideISDN functionalityof “informa-
tion display” serviceto analogsubscribers,thespeci-
ficationwill have to beupgraded.

The FSK is implementedin the SI2000 V5 ex-
changesystem in product versions la5071 (access
node),ls5071(switch node),andhigher. Our imple-
mentationof messageindicatingserviceis fully com-
pliant with ETS 300 659-x [1,2] and is available in
exchangesystemSI2000V5.
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