ETS| TS 129 163 V9.18.0 (2014-07)

CETSIZE )
Esl(—)

& >

TECHNICAL éFIéCIFICATION

Digital cellular telecommunications system (Phase 2+);
Universal Mobile Telecommunications System (UMTS);
LTE;

Interworking between the IP Multimedia (IM) Core Network (CN)
subsystem and Circuit Switched (CS) networks
(3GPP TS 29.163 version 9.18.0 Release 9)

AN

G Lte

A GLOBAL INITIATIVE



3GPP TS 29.163 version 9.18.0 Release 9 1 ETSI TS 129 163 V9.18.0 (2014-07)

Reference
RTS/TSGC-0329163v910

Keywords
GSM,LTE,UMTS

ETSI

650 Route des Lucioles
F-06921 Sophia Antipolis Cedex - FRANCE

Tel.: +334 9294 4200 Fax: +33 4936547 16

Siret N° 348 623 562 00017 - NAF 742 C
Association a but non lucratif enregistrée a la
Sous-Préfecture de Grasse (06) N° 7803/88

Important notice

The present document can be downloaded from:
http://www.etsi.org

The present document may be made available in electronic versions and/or in print. The content of any electronic and/or
print versions of the present document shall not be modified without the prior written authorization of ETSI. In case of any
existing or perceived difference in contents between such versions and/or in print, the only prevailing document is the
print of the Portable Document Format (PDF) version kept on a specific network drive within ETSI Secretariat.

Users of the present document should be aware that the document may be subject to revision or change of status.
Information on the current status of this and other ETSI documents is available at
http://portal.etsi.org/tb/status/status.asp

If you find errors in the present document, please send your comment to one of the following services:
http://portal.etsi.org/chaircor/ETSI_support.asp

Copyright Notification

No part may be reproduced or utilized in any form or by any means, electronic or mechanical, including photocopying
and microfilm except as authorized by written permission of ETSI.
The content of the PDF version shall not be modified without the written authorization of ETSI.
The copyright and the foregoing restriction extend to reproduction in all media.

© European Telecommunications Standards Institute 2014.
All rights reserved.

DECT™, PLUGTESTS™, UMTS™ and the ETSI logo are Trade Marks of ETSI registered for the benefit of its Members.
3GPP™and LTE™ are Trade Marks of ETSI registered for the benefit of its Members and
of the 3GPP Organizational Partners.
GSM® and the GSM logo are Trade Marks registered and owned by the GSM Association.

ETSI


http://www.etsi.org/
http://portal.etsi.org/tb/status/status.asp
http://portal.etsi.org/chaircor/ETSI_support.asp

3GPP TS 29.163 version 9.18.0 Release 9 2 ETSI TS 129 163 V9.18.0 (2014-07)

Intellectual Property Rights

IPRs essential or potentially essential to the present document may have been declared to ETSI. The information
pertaining to these essential |PRs, if any, ispublicly available for ETSI member s and non-member s, and can be found
in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to ETS in
respect of ETS standards', which is available from the ETSI Secretariat. Latest updates are available on the ETSI Web

server (http://ipr.etsi.org).

Pursuant to the ETSI IPR Policy, no investigation, including IPR searches, has been carried out by ETSI. No guarantee
can be given asto the existence of other IPRs not referenced in ETSI SR 000 314 (or the updates on the ETSI Web
server) which are, or may be, or may become, essential to the present document.

Foreword
This Technical Specification (TS) has been produced by ETSI 3rd Generation Partnership Project (3GPP).

The present document may refer to technical specifications or reports using their 3GPP identities, UMTS identities or
GSM identities. These should be interpreted as being references to the corresponding ETSI deliverables.

The cross reference between GSM, UMTS, 3GPP and ETS! identities can be found under
http://webapp.etsi.org/key/queryform.asp.

Modal verbs terminology

In the present document "shall”, "shall not", "should", “should not”, "may", "may not", "need", "need not", "will",
"will not", "can" and "cannot" areto be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verba forms
for the expression of provisions).

"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.

ETSI


http://webapp.etsi.org/IPR/home.asp
http://webapp.etsi.org/key/queryform.asp
http://portal.etsi.org/Help/editHelp!/Howtostart/ETSIDraftingRules.aspx

3GPP TS 29.163 version 9.18.0 Release 9 3 ETSI TS 129 163 V9.18.0 (2014-07)

Contents

Intellectual Property RIGNES.... ..ottt e b e s 2
01 Yo (o ST 2
MoOdal VErDS EMINOIOQY .......ccveieeieieece sttt ettt e e e s re s aeeaesbeeaeesbesreensesaeensessesneenseseeeneensessens 2
0= 11V o PSPPSR 16
1 o0 o< TP PR PSPPI 17
2 REFEIBINCES ...ttt b e bbb e b et e e et e Rt e bt b e bt s e e et et et et e nnenr e b es 17
3 Definitions and @DBreVIaLiONS...........coueieieieieise ettt 22
31 D= T 0T (0] 1RSI 22
3.2 Y o] o= V7= 0] 23
4 LT 0T - | S S 25
4.1 General INErWOTKING OVEIVIEWW ..........eiueeiieeieesieesieeeeseesseesseesseesteestesseesseesseesseesseasseanssssssssessseensesnsessessseessenssees 25
5 NS Ao e g = = o = S oSSR 25
51 Key characteristics of ISUP/BICC based CS NEIWOIKS..........ooueieeiieiiece st 25
52 Key characteristics Of IM CN SUBSYSIEM ..ot 25
6 INtErWOrking With CS NEIWOIKS .......eeeiie ettt et eseeseeeneeneeneeas 25
6.1 INterworking referenCe MOTEL ..........coi bbbt 25
6.1.1 Interworking reference points and INTEITACES.........ccui e et 26
6.1.2 Interworking fUNCLIONE ENLITIES........ccueiieiee e e e ae e e e enaessaesraesneas 26
6.1.2.1 Signalling Gateway FUNCLION (SGWV) ....uecuiiiiiiceese ettt sae e st e e re et enaesnaesreennees 26
6.1.2.2 Media Gateway Control FUNCLION (MGCE) ......cocuieiiciece ettt nnees 26
6.1.2.3 IP Multimedia - Media Gateway FUNCtioN (IM=-MGW) ........cceiieiieieie e 27
6.2 Control plane iNterWOrking MOUEL..........ccuviiie e sae e s reesaeeneeeneeesaesneesraesneas 27
6.3 User plane interWorking MOGEL .........ooiiiiie bbb e 27
7 Control Plane iNtEIWOIKING .......ceieeerieiesesee st ere e eee s et e e s eesteeeeseesseeteseeeneesseeneessensesseeneeseeenes 27
7.1 LT 0T PSSR 27
7.2 Interworking between CS networks supporting ISUP and the IM CN subsystem ...........cccccccvvevieveeveeneeenee. 28
721 Services performed by network entitiesin the control plane..........cccceevv i 28
7211 Services performed by the SS7 signalling fFUNCLION ...........ooieiieiiee e 28
7212 SEIVICES OF TNE SGWV ... et b bt b ettt s e e b seesr e ke saesbe e e ennennens 29
7213 SEPVICES Of TNEIMGC ...ttt sttt s ettt sttt e s e b et eneebeneeneenis 29
7214 Services of the SIP Signalling fUNCLION ..........c.ooeeiieiece et nnees 29
7.2.2 Signalling interactions between network entities in the control plane...........cccoooeiinciniiniicinneees 29
7221 Signalling between the SS7 signalling function and MGCF ..o 29
72211 Signalling from MGCF to SS7 signalling FUNCLION ..........ccviiiiiiiiicee e 29
72212 Signalling from SS7 signalling function to0 MGCF ..ot e 29
72213 Services offered by SCTP and M3UA ..ot 29
722131 ServiceS OffEred DY SCTP......oiiieiieeee bbb 29
722132 Services offered DY IMBUA ..ottt sttt s 29
7222 Signalling between the MGCF and SIP signalling fuNCLioN...........cccevvie e 30
723 SIP-ISUP protOCOl iNtEIWOIKING ... .eveeveeieeieieeseeesieeste e eeesteesteeieeseesaesaeesreesseeseensessessseesseessesssesnsessssnes 30
7231 Incoming call interworking from SIP 10 ISUP @t I-MGCF ..........ccveiieiece e 30
72311 S 1o 0T [ 1N ST 30
72312 CodiNG OF TNETAM ..t e et b bbb et b e b 31
7.2.31.20 (C= 0T - SR 31
723121 Called PArtY NUIMDES ..ottt bbbt b e et bt b e et st sn e 31
723122 Nature of CONNECLION INAICALONS ........cooeeeereeee et 32
723123 FOrward Call INAICALONS ......coueieeieeiee et e e s et eae e e e e es 33
723124 CalliNg PAY'S CALBYOTY ....eveueitereeieetirieeete ettt sttt sttt b e bt s b e bt sbese bt s bese et et s besne s 34
7.2.3.1.2.4A Originating Line INfOrMatioN..........cecieiieieeie sttt 34
723125 Transmission MEdiUm FEQUITEMENL...........ecueieereereeseerteeeeeeesreeseeesreesteesseesseesseseesseesseesseesenns 34
7.2.3.1.2.5a Transmission medium requirement prime and USI prime (optional) ........ccocceveeveeevveneenieeinenns 36

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 4 ETSI TS 129 163 V9.18.0 (2014-07)

723126
7.2.3.1.2.7
723128
7.2.3.1.29
7.2.3.1.2.10
7231211
7.23.12A
72312A1
72312A.11
72312A.12
7.2312A.13
7.2312A.2
7.2.3.1.2B
7.231.2B.1
7.231.2B.2
7.2.3.1.3
7.2.3.1.3A
72313A.1
7.2313A.2
7.231.3A.3
72314
723140
7.2.3.1.4.0a
7.2.3.1.4.0b
723141

7.2.3.1.4A
7.2.3.1.4B
7.2.3.1.4C
7.2.3.1.4D
7.2.315
7.2.31.6
72317
7.2.31.8
7.2.3.19
7.2.3.1.9a
7.2.3.1.10
723111
7232
72321
723211
723212
723213
723214
723215
7.2.3.21a
7.2321al
7.2.32.1a2
7.2.3.2.1a3
7.2.32.2
723220
723221
723222
723223
7.2.3223A
7.2.3.2.2.3B
723224
723225
7.2.32.2.6
7.2.322.7
7.2.32.28
7.2.32.29

Caling Party NUMDEL ........ccieieee ettt et e te e sae e et e e neeeneesneennes 38

GENENIC NUIMDEY ...ttt b bt a et b e et h e bt e ae e e e ss e ke sheebebesbesbe e e eneennen 42

USEr SErVICE INFOMMELION........otiiiieieteee ettt ettt et bt st eae e e e 42

Hop Counter (National OPLtioN) ........cueiieiee ettt esnaesreennees 42

L 0101025 S gl [0 o] SR 43

L OCELION NUMDET ...ttt ettt b e sb e bttt se e b e sbe bbbt ene e e e nne s 43
Coding of the IAM when Number Portability iS SUPPOrted...........cocviieinineirieeeeee e 44

Coding of the |AM when a Number Portability Routing Number is available..............c........... 14

Separate Directory Number Addressing Method ..o 45
Concatenated Addressing MEthOU..........cooreiiiieiieene e 46
Separate Network Routing Number Addressing Method..........cocoeerincenencnencenenee 46

Number Portability Forward INformation ...........cccueeeeieeiicese e 47
Coding of the IAM for Carrier ROULEING .........ccviieiieiee et esteeeeseesteesieeie e e sseessaesneesreesseenseeseans 47

Coding of the IAM when a Carrier Identification Code (CIC) ispresent........ccccceveevevceereeene. 47

Y0 Lo TSR 47
S <o ] oo o ) 1 1 S 47
= To [ aTo o ST 1 S 48

LT 01 PP PRRRSRSN 48

Additional digitsreceived inin-dialog SIP INFO reqUESES..........ccccurireerinieerieeeesieeeeseeeenes 48

Additional digitsreceived in SIP INVITE reQUESES.........cociririeeriiieerieeeieseeeeeseeee s 48
SeNiNg Of 180 FNGING ....veiveueeeertieeiertieeiert ettt b e st b bbbt b b st st s et be b 49

LT 01 PPN 49

PSTN XML BOOY .....oocvoveceecieeeicee et seess s ss s ss s ssesss s saensnes 50

FallDack DY [-MGCR ...ttt bbbt 51

Fallback in a succeeding network: Transmission Medium Used parameter (TMU)

5 o= A= o IO OO PO UPPRRSP 51
Sending of 183 Session Progress for early media SCENarios........c.cooveeereereesieeriesie e see e seeneens 52
Sending of 181Call isheing fOrwarded ...........ccoocveieiieiiesee e e 54
Sending of 183 Session Progress for overlap signalling using the in-dialog method...................... 55
Sending of 183 Session Progressto Carry ISUP CalSE .......c..ccvvirieiirinenesieee e 55
Sending Of the 200 OK (INVITE) ....oouiiiiriieeriiie ettt b 56
Sending of the Release MESSA0E (REL) ..ot 58
COdiNG OF TNE REL ...ttt bttt b et b e 58
Receipt Of the REIEASE MESSAGE .......cueitieeiiriieet ettt 59
Receipt of RSC, GRS or CGB (H/W 0riented) .........ccceveeiirieiie e ses e 61
RECEIPL Of REFER ..ottt b ettt nb et e e enas 62
AUtONOMOUS REIEASE 8L [-MGCF ... 62
Internal through connection of the bearer path............coov i 63

Outgoing Call Interworking from ISUP t0 SIP at O-MGCF-.........cccovieiieieeeee e 63
SENAING OF INVITE ..ottt bbbt e 63

LT 01 PP PRRRSRSN 63

Interaction With CONtINUItY CECK...........couiiiiiiice s 63

IAM without calling Party NUIMDES ..........ccciiiieiiieereeer e 64

Terminating overlap Signalling a MGCF .........cocoiiiiiinee e 65

FallDack (OPLIONEAL) ......eivieeiiriiree bbb 65
Sending of INVITE without determining the end of address signalling...........ccccoeveininennciene 66

GBNETEL ... e b e h b h ettt e b b heeae e e re e 66

Additional digits sent with in-dialog overlap method............ccooe i, 66

Additional digits sent using the multiple INVITES overlap method...........cccoveeveciecceccinveenen, 67
(0070 1110 1) 11 0= 1N I SR 68

OVEBIVIBW ...ttt e bbbt e et se bbb e st e s s e e e eh e ebesheeh e et en b e seene e besbeebe e e ennennen 68

REQUEST URI HEBOEY ......cuiieiiiiieiireert et st 68

SDP MEia DESCITPIION ...ttt ettt 69

P-Asserted-1dentity, From and Privacy header fields ..o 73

"cpc" URI Parameter in P-Asserted-ldentity Header ..o 77

"oli" URI Parameter in P-Asserted-ldentity HEader ..........ccoiieiieiiiiecse e 77

MaX FOrWardS NBAOEY ..........oooiiiieeee ettt eee et 78

IMS Communication Service [AeNtifier ... ..o e 78

P-Early-Mediaheader FIEld..........cooeiiiieiiesse e e 78

PSTN XML ElOMENES... ittt sttt sttt be e sbe e e ens 78

L 0101025 S | o 07> (o OSSR 79

P-ACCESS-NEIWOIK-TNFO ... e e 80

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 5 ETSI TS 129 163 V9.18.0 (2014-07)

7.2.3.2.2A Coding of the INVITE when Number Portability iS SUPPOIed.........ccvvereeieereeie e 80
72322A.1 REQUEST URI and TO HEBOEY ........ouiiiiieeiiiesie et 80
7.2322A.11 Separate Directory Number Addressing Method ..o i, 81
7.2.322A.1.2 Concatenated Addressing Method.............cco e 81
7.2.322A.1.3 Separate Network Routing Number Addressing Method.............cccoveeveeviecvcceece e, 82
7.2.3.2.2B Coding of the INVITE for Carrier ROULEING ........ceecueieriieieerie e ee e see e see e saesesseesseesseeneens 82
7.2322B.1 Mapping of "cic" in REQUEST URI HEAUEN.........cccoiiiiirie e 82
7.2.322C Coding of INVITE with instance-id in form of IMEI URN .........ccccviiininiieeeeeseeee 82
72323 Recaipt Of CONTINUITY ..ottt sttt et e besresbesneene e e eneees 83
72324 Sending of ACM and awaiting answer iNdiCALION ..........cceiiiiririirieeee e 83
72325 CodiNG O tNE ACIM ...t bbbt b et b et 86
7.2.3250 (€T g1 - ST 86
723251 Backward Call INQICALONS. ......c..oouiiiiere ettt bbb s 86
723252 Optional Backward Call iINAICALOrS. ........c.ccuiiierieiee e 88
7.2.3.25.3 Access Transport Parameter, Transmission medium used parameter ..........ocoveevveeeeeveneeneennen. 88
723254 L 0101055 S | o 7= (o USSR 88
7.2.3255 CAUSE VAIUB ..ottt ettt sttt sttt st et et e sttt et et s be st e be st e e 89
72326 Sending of the Call Progress Message (CPG)......ooveviiieiririeireriesesiesie et 89
7.2.3.2.6.0 LT 1 PSRN 89
723261 Handling of the progresSindiCaLOr............cciieiriere e 90
7.2.32.7 CodiNG Of tNE CPG ...t bbbt b et b et b e e 91
723270 LT 01 PPN 91
723271 EVENt INFOMMEBEION ...ttt et ene e e et es 91
7.2.32.7.2 ACCESS TranSPOIt PalaMELES ........coovieiiiiiiie ettt ettt st st s sbeesbe e sbeesanee s 91
7.2.32.7.3 RV oo PSPPSR 92
723274 Handling of Backward Call INdiCALOrS..........ccccoveiieii e 92
723275 Optional Backward Call INAICALOrS. ........c.ccuieiereeriee et 92
7.2.32.76 CAUSE VAIUB ...ttt ettt sttt sttt sttt e sttt e st et s be st be st ee 92
7.2.3.2.7a Receipt Of 200 OK(INVITE) ...ciiieiiiriiisirieete sttt sae et ssesseneenas 92
7.2.3.2.7b Internal through connection of the bearer Path...........ccoooiiiiine s 92
72328 Sending of the Answer MeSSage (ANM ) ..ot 93
72329 Coding Of thE AINM ...t bbbttt e et be et 93
723291 Backwards Call INAICALONS .......cuoiirereeeeeee ettt see e ene e e e e 93
7.2.3.29.2 ACCESS TransPOrt ParamELEY ...........cooiiiiiiiiei e 93
7.2.3.29.3 Transmission Medium Used parameter (TMU) .......ooovicrie e 94
7.2.3.2.10 Sending of the Connect MESSAgE (COND) .....ccueeiieiierie et eee s see e e e sreesaeeae s enneeneeens 95
7.2.32.11 (070 1110 1) 11 0= G | SR 95
7.2.3.2.11.0 LC T g1 - ST 95
7232111 Backward Call iNQICALONS. ......c..couiiirierie it b et 95
7.2.32.11.2 ACCESS TranSPOIt ParaMELES .........coviiiiiieiie ettt se e sbe e sae e srbeessbe e sbeesanee s 95
7232113 Transmission Medium USEd PAraMELET .........c.oreeiereere ettt eb e ebe s ebe e neenens 95
7.2.3211A ReCaipt Of @relNVITE FEOUESE......cceeuiitieeieetereet sttt 95
7.2.3.2.12 Receipt of Status COdES 4XX, SXX OF BXX...eeueeeereeriereeriereeseeeeseeseeseesiesseeseessenseseessessessesseensssesseenseses 95
7.232121 Special handling of 404 Not Found and 484 Address Incompl ete responses after sending
of INVITE without determining the end of address Signalling...........cccceovverrinencinenscsee 97
723213 RECEIPL OF BBYE. ... ettt e bbb b et b et b e e 98
7.23.2.14 Receipt Of the REIEASE MESSA0E ......c.evieiceeceee ettt ettt beeteeae e snes 98
7.2.3.2.15 Receipt of RSC, GRS or CGB (H/W oriented) .........ccccovieiieierie e 98
7.2.3.2.16 AUtoNOMOUS REIEASE 8 O-MGCF ... ..ot eb e 98
7.2.3.2.17 Specia handling of 580 precondition failure received in response to either an INVITE or
UPDATE .ttt sttt sttt e bt e s st b e ek et e s e b e s b et e b et et e ten e be st e e enn 99
7.23217.1 580 Precondition failure response to @an INVITE.........coiiie e 99
7232172 580 Precondition failure response to an UPDATE within an early dialog..........cccceeenenerinienne 99
7.2.3.2.18 SENAING OFf CANCEL ..ottt sttt e e e st e besaeebesbesaesreeneeneeneens 99
7.2.3.2.19 Receipt of SIP redireCt (3XX) FEJ00NSE .....c.eiiiererieieterte ettt sttt sb et b e seebesneneeneas 100
7.2.3.2.20 Sending of INFO for overlap signalling using the in-dialog method .............cccooeivininniiennenn 100
7.2.3.2.20.1 LT 01 PSS 100
7.2.3.2.20.2 ENcoding Of the INFO..........ocieieeee ettt te e e e e saeesneenreenseens 100
7233 QLI £ 101
7.3 Interworking between CS networks supporting BICC and the IM CN subsystem............ccccoevvvvvenieneenen. 101
731 Services performed by network entitiesin the control plane..........ccocceveveeie e 102
7.3.2 Signalling interactions between network entitiesin the control plane..........ccccoecvveeveeveciececce e 102

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 6 ETSI TS 129 163 V9.18.0 (2014-07)

7321
73211
73212
7.3.2.1.3
732131
732132
7.3.21.33
7322
7.3.3
7331
73311
73312
733121
733122
7.33.1.23
733124
7.3.3.1.24A
7.3.31.25
7.3.31.26
733127
7.3.31.28
7.3.31.29
7.3.3.1.2.10
7.3.3.1.2A
7.3.3.1.2B
7.3.3.1.3
7.3.3.1.3A
73314
7.3.3.1.4A
7.3.3.1.4B
7.3.3.1.4C
7.3.3.1.4D
7.3.3.15
7.3.3.1.6
7.33.1.7
7.3.3.1.8
7.3.3.19
7.3.3.1.9a
7.3.3.1.9b
7.3.3.1.10
733111
7.3.3.2
73321
7.3.3.2.1a
7.3.3.2.2
733221
733222
7.3.3.2.2.3
7.3.3.2.2.3A
7.3.3.2.2.3B
733224
733225
7.3.3.2.26
7.3.3.2.2A
7.3.3.2.2B
7.3.3.2.2C
7.3.32.3
73324
7.3.3.2.5
733251
7.3.3.2.6
7.3.3.2.7

Signalling between the SS7 signalling function and MGCF..........cccooivie e 102
Signalling from MGCF to SS7 signalling fUNCLiON .........cccveeieiicecece s 102
Signalling from SS7 signalling function tO MGCF ..........ccooieii e 103
Services offered by STC, SCTP and M3UA ..o 103

SErVICES OFfEr DY SCT Pt e st et e e e esaenreesraenneas 103

Services Offered DY MBUA ...ttt e te s re e reenreas 103

SerVICES OffErad DY STC ... 103
Signalling between the MGCF and SIP signalling fUNCLiON...........c.coviiiiiineieeeee e 103
SIP-BICC ProtoCOol iNEEIWOIKINQ .....c.eeueiieieiiiiereee sttt sttt eb e 103

Incoming call interworking from SIPto BICC at [-MGCF...........cccoiiiinineneeese e 103
SENAING OF TAM ...t bbb bbbt et b e bbbt b e b b ens 103
(070 1110 1o I 72 1 104

Caled Party NUMDET .........coiieiee ettt e s e e reeste e aeeseesaeesneesseeseenteeseesseessensrnas 104
Nature of CONNECLION TNAICAIONS ........coveeeiiierie et e 104
FOrward Call INAICALONS ........ooiieiieiieeee bbb bbb 104
CalliNg PATY'S CALEJOTY ....evveieeieeieesteeste et eteetesaesaeesteesteesteesseesessasaneesseasseeseensenseessenssenssees 104
Originating Line INfOrMatioN..........ccoiieiieie ettt esreesreas 104
Transmission MEedium FEQUITEIMENT. ..ottt sttt 104
Calling PartY NUMDEY ........oeiiiiee bbb 104
(€T 01 (o009 o= R 104
USer SErVICE INFOIMELION. ... .oouiiiiee ettt st ne et sne e neeeas 104
Hop counter (National OPLiON) .......cceeriieirieee e 104
[0 To= o) 0 8 A1V 0 0] PSSR 105
Coding of the IAM when Number Portability iS SUPPOIEd.........ccocvieeeieerierieseeeee e 105
Coding of the IAM for Carrier ROULEING .........ccveiieieiie e se e st see st e ete e e saee e snee s 105
1S <o 1 oo o ) I 105
= To ] o o T 105
Sending Of 180 RiNGING.......ciiiiieiieiie e et e e e e s se e sreesaeeteesaeesaesseessaesaeenseeseenseeneesnns 105
Sending of 183 Session Progress for early media SCENArios.........covveeeeceeeeeniesee e 105
Sending of 181 Call isbeing fOrwarded ............cooceiireiiinese e 105
Sending of 183 Session Progress for overlap signalling using the in-dialog method.................... 105
Sending of 183 Session Progressto Carry ISUP CalISE .......c.cevvirieirinieirieeesiesee e 106
Sending Of the 200 OK (INVITE) ..ottt 106
Sending of the Release MeSSA0E (REL) ..o 106
(0o 1110 1) I 1 0= = 106
Receipt Of the REIEASE MESSA0E ......ccviiee ettt et e ene e sraesreesnees 106
Receipt of RSC, GRS or CGB (H/W 0riented) ..........cccvvueiierieeieeie e see e esre e ssee e sseeneens 106
RECEIPL Of REFER ..ottt ettt sttt st et sttt st et et sae e ebesbeneeneas 106
AUtONOMOUS REIEASE 8 [-MGCF ... e e 106
Internal through connection of the bearer path...........ccoocovvevieci e 106
(O 0 1o)== a o [ I 1Y 106

Outgoing Call Interworking from BICC to SIP at O-MGCF .........ccooiiiiniinieneneeesie e 107
SENAING OF INVITE ...ttt sttt a s e s et s e tenensensennens 107
Sending of INVITE without determining the end of address signalling...........c.ccoeeverincenennne, 107
Coding Of tNE TNVITE ..ottt bbb e 107

REQUEST URI HEBOEY ......ccveeciiiieieisteeete ettt sa s sne s ssenenns 107
SDP Metia DESCIIPLION ....cccueeieeie e ceeetee e et e e e e sreesteesae e snaesneenseesaenseentessaessensneas 107
P-Asserted-ldentity and privacy header fields........coovev i 108
"cpc" URI Parameter in P-Asserted-ldentity Header ..........ccoveveeveiceveee e 108
"oli" URI Parameter in P-Asserted-lIdentity Header ..........cooveceece e 108
MaxX FOrWardS NBAOEY ...........coiiiiiiiie e bt 108
IMS Communication Service [Aentifier ..o 108
P-ACCESS-NEIWOIK-INFO ...t 108
Coding of the INVITE when number portability iS SUPPOEd .........cccovveerireenireeeneeecseees 108
Coding of the INVITE for Carrier ROULEING ..........curirieeririeiriinieesie e 108
Coding of INVITE with instance-id in form of IMEI URN ..........cccoviinininneseseeseseees 108
SENAING Of UPDATE ...ttt et b bbb nn e ens 108
Sending of ACM and Awaiting ANSWer iNdiCatioN.........cccvevveeuieeeniesees e 109
(0070 110 [ ) 11 0= A 109
Backward Call iINICALONS. ........coouiiiiiirie ettt 109
Sending of the Call Progress message (CPG)......ccvveiveieiieiee st ee e s 109
(©0To 110 [ ) 11 0= O € S 109

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 7 ETSI TS 129 163 V9.18.0 (2014-07)

733271 EVENE INFOMMEIION ...ttt et ne s 109
733272 Optiona Backward Call iINAICALOrS. ........cvccuieiieiieieseesee et neeas 109
7.3.32.7a Receaipt Of 200 OK (INVITE) ..ccuiiieiiieieeiieie sttt sttt sttt ene st e ebesneseenens 109
7.3.3.2.7b Internal through connection of the bearer path...........cccocvvveiicci e 109
7.3.3.2.8 Sending of the Answer MeSsage (ANM).....ocueiiieiieieceee e e e 109
7.3.3.2.9 (0070 1110 1) I 1 0= A N 110
7.3.3.2.10 Sending of the Connect MESSAJE (CONY) .....cveueiiiriiirierieeetere et 110
733211 CodiNg Of thE CON ...ttt b e bt e bbb bbb e e ens 110
7332111 Yo T RSP 110
7.3.3.2.11A ReCEIPt Of FE-INVITE FEQUESES. ...ttt bbb sre e 110
7.3.3.2.12 Receipt of Status COAES 4XX, SXX OF BXX...eeueeeerueriereiriereeeereenieseessessesseeseessessessessessessesssessesesssenses 110
7.33.2.13 RECEIPE Of ABYE. ... ottt st st st se et st et be et e s be e esesbeneenens 110
7.3.3.2.14 Receipt Of the REIEASE MESSA0E ......ccveeie ettt snaesnaesreesreas 110
7.3.3.2.15 Receipt of RSC, GRS or CGB (H/W 0riented) ..........cccveuerieriieiieiesiie e seeseeste e eee e 110
7.3.3.2.16 L@ U o =7 a o I I PSRRI 110
7.3.3.2.17 SENAING OF CANGCEL ......uiiiieiereete ettt ettt a et s ettt este s e b nteneens 110
7.3.3.2.18 AUtoNOMOUS REIEASE 8 O-MGCF ... .o e bbb 110
7.3.3.2.19 Special handling of 580 precondition failure received in response to either an INVITE or
L] 3 RS 111
7.3.3.2.20 Receipt of SIP redireCt (3XX) FEJ00NSE .....c.eiuiiererieiet sttt sb et sb e et besaebesneneeneas 111
733221 Sending of INFO for overlap signalling using the in-dialog method .............ccooeinineininenenn 111
7.3.33 LI =SSP 111
74 SUPPIEMENTANY SEIVICES ...ttt ettt ettt b bbbttt b bbbt b b et b b et e bt b e s e st s b e bt e b b 111
74.1 Cdlling line identification presentation/restriction (CLIP/CLIR) ......cccvoovvceeieeie e 111
7.4.2 Connected line presentation and restriction (COLP/COLR).......cccccviieieeieere et sae e 111
7.4.2.0 (€T o1 - OSSPSR 111
74.2.1 Incoming Call Interworking from SIP to BICC/ISUP at the I-MGCF.........ccccovicvvieciereeeee e, 111
74211 INVITE to IAM interworking (SIP t0 ISUP/BICC CallS)......ccoorirenirireieeseese e 111
74212 ANM/CON t0 200 OK (INVITE) .ecutiteieiiiieieeie ettt st sttt st st 112
7422 Outgoing Call Interworking from BICC/ISUP t0 SIP @t O-MGCEF .........ccoviiiirieenenee e 112
74221 IAM to INVITE interworking (ISUP t0 SIP CallS) .....c.oiiiiiiieeeriee e 112
74222 IXX t0 ANM Or CON INEEIWOIKING. ...ttt sttt sttt r e s eb e s besneeene s 113
74223 200 OK (INVITE) to ANM/CON interWOrKiNG .......ccueeruirieeiriinieiriesieesieseeesie s 113
74.3 DireCt DIialling IN (DDI) ..ottt bbbttt b bbb 114
744 MaliCious Call IAENLITICAIION ......ccueeueeieieriete et bbbt r bt e e e 114
7.4.5 SUDBAArESSING (SUB) ....ctiieieiierieiesie sttt st sttt st sttt sttt sttt st et et e st e e sbeste e nbenbe e e 114
7451 (CT= 0T o SO SR 114
745.2 INErWOrKING 8L [-MGCF ... ..o et e s e st e e teeaeeneesaeenaesnnesaeesneenseensenns 115
7453 INErWOrKiNG 8 O-MGCF .........oiiie et te et e e s e et e e e e e sstessaesreesaeeseesnnesaeesseenseensenns 116
7.4.6 Cadl Forwarding Busy (CFB)/ Call Forwarding No Reply (CFNR) / Call Forwarding Unconditional
(CFU) | Call DEFIECHION (CD) ..euveteieeeteeeenieriesiesie st stee e eseesee e teseestesaeeseeeesseseeseessesseeseeneensenseseessesneensessens 116
746.1 LT 0T 116
74.6.2 INterworking at the O-MGCF..........oouciiiieireree et 117
74.6.2.1 LT 07 S 117
74622 INtErWOrKING SIP 1O TSUP.....c.eiiee e 117
74623 INEErWOIKING ISUP 10 SIP.....oeiieeieee ettt 121
7.4.6.3 INterworking @l the [-MGCF .........oce e ettt e st e e esneesraesneas 123
7.4.6.3.1 LC T g1 - ST 123
7.4.6.3.2 Interworking from SIP O ISUP ..ot st re e 123
7.4.6.3.3 Interworking fromM ISUP 1O SIP........oooie et s e e e ene e 126
7.4.7 Yoo O TRSTRR 130
74.8 o e O I = = = PR 130
749 CAll WEITING. ...ttt b e et b e et b e s e ae b s et b e ne Rt b e e e st eb e st et et enn et eb e b e 130
7.4.10 L0 o] o PPN 130
74101 Session hold initiated from the IM CN SUDSYSLEM SIAE..........ccoiirieiiircereeeereee e 130
7.4.10.2 Session hold initiated from the CS NEtWOrK SIAE...........coeiirieree e 131
7411 Call Completion 0N BUSY SUDSCIIDEN ........ccoiiiiiieeese et e 132
7.4.12 Completion of Callson NO REPIY (CCNRY) ......ooiiiiee ettt ste e s ae e te e enaesraesreesneas 132
7.4.13 Terminal POrtability (TP)....ccoieeeereeee ettt b et b e b e s e st b et e seseensens 133
7.4.14 Conference calling (CONF) / Three-Party Service (BPTY ) oo eie et se et ees e 133
7.4.15 Yo Lo TR 133
7.4.16 (@10 = o HU L= gl €] (o8 o J (16 L) ST SS 133

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 8 ETSI TS 129 163 V9.18.0 (2014-07)

74.17
7.4.18
7.4.19
7.4.20
74.21
74211
74.21.1.0
742111
742112
742113
74212
74.21.3
74214
7.4.22
7.4.23
74231
74.23.2
7.5
751
752
7521
7522
7523
7524
753
754
754.1
7542
75421
75422
7543
755
7.5.6
7.5.6.1
756.2
75.6.3
757
7.5.8
759
7590
7591
7.5.9.1.0
75911
75912
7.5.9.1.3

75914

7592
75921
75922
7.59.2.3
7.5.10
7.5.10.0
7.5.10.1
7.5.10.2
7.5.11
7.5.11.0
75111
7.511.2
7.5.12
7.5.12.0

Multi-Level Precedence and Pre-emption (MLPP).......ccoo oot 133
Global Virtual NEtWOrk SErvice (GVINS) ....ocueicieice ettt ettt s nae s e snes 133
International telecommunication charge Card (ITCC) ...uviviiiiiiiieeiereee e 133
ReVEISE ChargiNg (REV) ....ocuiiieie ettt e et te e s este et e e teentessaessaesseesseanaesnnesaeesaeenseensenns 133
User-to-User SIgNalling (UUS)......ooeiiiee et s se ettt sstessaestaesnnesneesneenseensenns 134
User-to-User Signalling (UUS) service 1 (iMpliCit)....coeoeece e 134
LT 0T | 134

LYoo USRS 134
Incoming Call Interworking from SIPto ISUP at [-MGCF ... 134
Outgoing Call Interworking from ISUP to SIP at O-MGCEF .........cccooiiiinirieerieeereeeseeees 134
User-to-User Signalling (UUS) Service L (EXPIICIT) .o.veuereeeeerieeeierieresie e 134
User-to-User Signalling (UUS) service 2 (EXPLICIT) c.vevveeeeecee et 135
User-to-User Signalling (UUS) service 3 (EXPLICIT) c.ooueiieiee e 135
Multiple Subscriber NUMBEr (IMSN) .....oceeiieieeee ettt s sae e sneenreeneens 135
YN 0] )Y T LU O L T = o 1 o o SR 135
ISUP-SIP protocol interworking at the [-MGCF..........cooieicececesee e 135
SIP-ISUP protocol interworking at the O-MGCF ..........ccoiieieee et eee e 135
IM'S SUPPIEMENTAIY SEIVICES ......civiieeiietereeeete ettt sttt sttt et b e e bt b e e bt b e e b e b se bt b e se e bt sb et ebesb e e eneebeneeneas 135
Originating | dentification Presentation (OIP) and Originating Identification Restriction (OIR).............. 135
Terminating Identification Presentation (T1P) and Terminating Identification Restriction (TIR)............ 135
LT 0T R 135
INterworking at the O-MGCF..........couciiiieireree et 135
INterWOrking at the I-MGCF ..ot bbb 137

LI TSSO P TP PRTPRRRPN 138

A7 Lo OO PSPPSR TP 138
Communication DIVErSION (CDIV)....uiiieiieciecie e see st sttt e te e s sreesreense e e sneesneessaesseesneas 138
GBNETEL ...ttt b b e bRt E Rt h e ae e e et R bRt b e Rt ne e et e 138
INterworking @l the O-MGCF............oiieiee e st te e e ne e sra e teeneesnaesraesneas 139
GBNETEL ...t bbb R R bR R e e e bR e bR R bt ae et e 139

Call forwarding within the ISUP Network appeared.............coveeeeriieinenscneeeeseeeeeseeseeeeas 142
INterWOrking at the [-MGCF ..ot bbb 144
CommuniCation HOIA (HOLD) ...ttt s et 151
CoNFEreNCE Call (CONR) ...ttt ettt bt se et b e et b e et s b e sa et b ne e 151
LT 0T R 151
Subscribing for the conference event PaCKagE..........coocvvieeieere e 151
Interworking the NOLITICALION...........c.oiieiie e e e srees 151
Anonymous Communication Rejection (ACR) and Communication Barring (CB) ........ccccoevevevveneeninns 152
Message Waiting INdiCation (MWI) ......cceeiieiee ettt ettt e ae e sneesneenneenneens 153
Malicious Communication [dentification (MCID) .......cccovieiiiiiiieeceee e 153
GBNETEL ...ttt b b e bRt E Rt h e ae e e et R bRt b e Rt ne e et e 153
INterworking at the O-MGCF..........oouciiieiee e bbb b et b e 153
LT 07 SR 153
Interworking of the MCID XML Request schema with the ISUP MCID request indicators........ 153

Interworking of the ISUP MCID response indicators with the MCID XML Response schema...153
Interworking of the ISUP Calling Party Number in an Identification Response with the

OrigPartyldentity within the MCID XML ReSponse SChemaL........cccovvierireninicscceseseees 154
Interworking of the | SUP Generic Number in an I dentification Response with the
GenericNumber within the MCID XML Response schema.........cccccvevvecveienesie s 154
INterworking @l the [-MGCF .........oceeeee e et e st e e esneesnaesneas 154
GBNETEL ...t bbb R R bR R e e e bR e bR R bt ae et e 154
Interworking of identifiCalion REQUESE ..........ooiiiieie et 154
Interworking of identifiCation RESPONSE. .......ccuiiieiieeiie e eneeeeeens 154
Cl0SEd USEr GIOUP (CUG) ...ttt sttt sttt sttt et st b bbb nn et nb e 155
LT 0T 155
INterWOrking at the [-MGCF .........o.oii e bbb 155
INterworking at the O-MGCF..........oouciiiieree bbbt 156
L0225 01\ TSP 157
GBNENEL ...ttt bt h bR b e e R e R e R R b e Re ke e e e b e be Rt beeaeene e e et e 157
INterworking al the [-MGCF ... ..o ettt r e e e esneesnaesreas 157
INterworking al the O-MGCF............ocee ettt et sraesreeneesneesraesneas 159
CommuniCatioN WaItiNG (CWV) .......ocieeieseeceee st se e e ettt e tessaessaesneesseeseeneeenseensesnanssaesnnas 161
GBNENEL ...ttt bt h bR b e e R e R e R R b e Re ke e e e b e be Rt beeaeene e e et e 161

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 9 ETSI TS 129 163 V9.18.0 (2014-07)

75.12.1 INterworking al the [-MGCF .........o ettt e e e esneesnaesneas 161
7.5.12.2 INterworking al the O-MGCF............o oottt eraesreeneesneesraesreas 161
8 0L = o =T oY Fa 1= 71T (T o R 161
8.1 Interworking between IM CN subsystem and bearer independent CS NetWOrK ..........ccccevereiiienceceeiennne. 161
811 Transcoder-1ess M t0 ND INEEIWOIKING........coveveiiieeiiere e 162
8111 T QTR = o o RS 162
8112 TIME AITGNMENT ..ttt b bbbt bbbt b b eb e e bbb et bt e e e ens 162
8.1.13 L 1 o1 011 o) 163
8114 Frame qUality INAICELION .........ccviiiieiiere bbb et 163
8.1.15 L = 101 o 163
8.1.1.6 BN = o0 Lo o To SSSR 163
8.1.1.7 DiSCONEINUOUS TrANSMISSION ....cuviviitirieeieete sttt ettt sttt sheese e e eeeseesbesbeeseesee e enbeseesbesbesaeeseeneeneenes 163
8.1.1.8 Timing and SeqUENCE INFOIMALION. .......c.cuiiie e e st et esaesraesreesneas 164
8.2 Interworking between IM CN subsystem and TDM-based CS NEtWOIK ..........ccccceevieeveevecre e 164
8.3 TranSCOING FEUITEIMENTS ......veieeieeeieeesieesteeteeetesteesteesteesteestesaesseesseesseeseesseesseeseessaesseesseessesnsssnnssseesseensennsenns 164
8.4 Diffserv code POiNt FEQUITEMENTS ......c.eitieitiiteiet ettt sttt sb et b b e bt b se b sb e e ebesbe e ebesbeneeneas 164
8.5 DTIMEF NNAITNG . ..ttt b et b et b e et eb e s b e e bt s e e e eb e se et eb e s e e e eb e sb e e ebesbe e ebeebenneneas 165
9 MGCF — IM-MGW INEEIACION........eiiiiieie e cee ettt s ettt este e s e e sae e sneeeteesteesaeesaeesneesneesnnens 165
9.1 OVEIVIBIW ...ttt sttt sttt b et e st bt s e e st be £ en e Rt s b e n e e Rt b e s e e Rt e R e n e e Rt s b et R b e n s eneeb et eneebenbeneebenbeneens 165
9.2 eI To 0= T a0 1= = (0] S 165
9.21 INEEWOTK MOTEL ...ttt h bt b et e e e bt bt e he e st et e e e neeeb e e b e ebeene e e et e 165
9.2.2 Basic IM CN subsystem OrigiNated SESSION.........cccveeieeiierieieeseeseesreeeeeeesseesseessee e essesaessnesaeesseenseensenns 166
9221 BICC forward bearer establiSNIMENt....... ..o e 166
92211 IM-MGW SEIECHION ..ottt sttt st sttt sttt et sttt s be st e stente e ns 166
92212 CS network side bearer establiShmENt ...........oooeeiiie e e 166
92213 IM CN subsystem side termination reSErVaLiON...........coeerireiereriee et 166
92214 IM CN subsystem side session establiShMENt ..o e 167
92215 THrOUGN-CONNECLION ..ottt bbbt 167
92216 L00a 0 (< o 7= 00| 11 o [PPSO P TP 167
92217 Failure handling iNIMGECF .........coo ittt bt b e bbb b nnene s 167
9.2.2.1.8 M ESSAgE SEQUENCE CREIT.......oieeiece ettt et sre e sre e re e te et e eneesnaesreesneas 168
9222 BICC backward bearer establiShmeNnt ...........cc.oviiiiirieieee e 170
92221 IM-MGW SEIECHION ..ottt sttt st sttt sttt et sttt s be st e stente e ns 170
92222 IM CN subsystem side termination reSErValiON...........c.ccceereereerieee e see e e e see e e seeeneeeee e 170
9.2.2.2.3 IM CN subsystem side session establiShMENt ..........ccccovieeiieir e 170
9.2224 CS network side bearer establiShmENt ...........cooeeiiie e e 171
92225 THrOUGN-CONNECLION .....viiiiiitiieet et bbbt 171
92226 1000 o[ ol 7= 00| 11 o [OOSR 171
92227 Failure handling iNIMGECF .........coo ittt bt b e bbb b nnene s 171
92228 M ESSAPE SEAUENCE CRAIT......ceeeeeteseeieet ettt sttt b et se bt bt b e e b e e b snenneneas 171
9223 1S RSP S 172
92231 IM-MGW SEIECHION ..ottt sttt st sttt sttt et sttt s be st e stente e ns 172
9.2.2.3.2 IM CN subsystem side termination reSErValiON............ccceereereereee e e e e see e e sreenreeeeens 173
9.2.2.3.3 IM CN subsystem side session establiShMENt ..........ccccovieeiieir e 173
92234 CS NetWOrk Side CIFCUIT FESEIVALION. .....c..eiuerieeieiest ettt st sae e e 173
9.2.2.35 BN 1010 oo a0 T="ox i o o 173
9.2.2.3.6 (@0 0111 0T Y 1= o 174
9.2.23.7 L00a o[ ol 7= 00| 11 o [OOSR 174
9.2.23.8 V0ICE ProCESSING FUNCHION ...ttt ettt 174
9.2.239 Failure handling iNIMGECF .........coo ittt bt b e bbb b nnene s 174
9.2.2.3.10 M ESSAPE SEAUENCE CRAIT......eeieeeeieeieete ettt ettt sttt b et b bbb et b e e st se e b b nnene s 174
9.23 Basic CS NetWOrk OFigiNated SESSION.........coueueiuirieieiirieeeie sttt ettt b 176
9231 BICC forward bearer establiSNIMENt....... ..o e e 176
92311 IM-MGW SEIECHION ...ttt st sttt sttt sttt st st e e st st be st e e bente e ns 176
9.23.1.2 IM CN subsystem side termination reSErValiON............ccccereereereee e see e e e see e s sreesreeee e 176
9.23.1.3 IM CN subsystem side session establiShMENt ..........ccceieeiiiii e 176
92314 CS network side bearer establiShmeNt ...........cooeieiiii e 176
9.23.15 (0= <o o 7= A= = o (1 o 177
9.2316 CAlled PAILY QNSIWET .......oivieieietereeeet ettt ettt s bt s b e s bt e et b e e e s e bt bbbt se e b e e e ens 177
9.2317 THrOUGN-CONNECTTION. ......c.eiiiitiieeiee bbbt 177

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 10 ETSI TS 129 163 V9.18.0 (2014-07)

9.23.1.8 (0o L= o =T |11 oo 177
9.23.1.9 Failure handling INIMGCF .........ooiie ettt esbeete et e enaeeraesraenneas 177
9.2.3.1.10 M ESSAgE SEQUENCE CNEIT.......cieeiee ettt et sre e sreesbe e be e s e eneeenaesreesneas 177
9.232 BICC Backward bearer estalliShment ..........cc.ooiiiiiiiiiee e e 179
92321 IM-MGW SEIECHION ...ttt st sttt sttt sttt st st e e st st be st e e bente e ns 179
9.2322 CS network side bearer establiShmeNt ...........coeeeiiii e 179
9.2323 IM CN subsystem side termination reSErVaLiON...........ccoeerererirereese et 179
92324 IM CN subsystem side session establiShMENt ..o e 180
9.2325 Called PArtY @Al EITING ....c.ceeieeeiieree et et e 180
9.2.326 CAllEd PAILY QNSIWET .......eivieeieeteieeeet ettt ettt s bt b b e s bt et b e e b e bbbt ese e b e e ens 180
9.2327 THroUGN-CONNECTTION. ......eeeiiitieeeie bbbttt 180
9.2.3.2.8 (@00 L= o =T |11 oo S 180
9.2.3.2.9 Failure handling INIMGCF .........ooiieceee ettt et teete et e enaeeraesraenneas 181
9.2.3.2.10 M ESSAZE SEQUENCE CNEAIT.......oiieiice et te et e e e neesre e be e s e eneeenaesneesneas 181
9.2.33 S SOOI 183
92331 IM-MGW SEIECHION ...ttt sttt sttt sttt st st e e sttt see e stentenens 183
9.233.2 CS NetWOrk Side CIrCUIT FESEIVALION. .....c..eiuerieeieiert ettt st sr e e 183
9.2.333 IM CN subsystem side termination reSEIVaLiON...........ccoueeeireiirerieese e 183
92334 IM CN subsystem side session establiShMENt ..o e 183
9.2335 Called PArty @Al ErING .......ceiireeieere ettt 184
9.2.33.6 Called PArLY QNSIWET .......oivieeieeteieeeet ettt eh ettt bbbt s b e s bt b e e bt bbb et seebenn e ens 184
9.2.33.7 THrOUGN-CONNECTTION. ......e.eiiiitieceiee bbbt 184
9.2.33.8 CONLINUITY CRECK ......eeeeeitiieeiiet ettt b et b b e et b et b bbb e ens 184
9.2.3.3.9 (@00 L= o =T |11 oo S 184
9.2.3.3.10 V0ICE ProceSSING FUNCLION ... ..ccuiiii ettt et tesaesneesneenseenreens 185
9.233.11 Failure handling INIMGCF .........oo ittt st s esbe e te et e eneeenaesnaesneas 185
9.2.33.12 M ESSAZE SEQUENCE CNAIT.......cieeieee ettt sre e ene e s re e te e s e eseeesaesraenneas 185
9.2.34 HandliNg Of FOrKING .......ciiieieece et e st et be e e e te et e e eeeneeneeenes 187
9.234.1 DeteCtion Of FOIKING........ccuiiieiie e ettt ra et e ne et e snaesraenneas 187
9.234.2 IM CN subsystem side session establiShMENt ..o e 187
9.2343 IM CN subsystem side session establishment COMPIELioN .........cooeviireininennee e 188
92344 M ESSAPE SEQUENCE CREIT. ...ttt ettt ettt b et se bt b et b e e e e b e b nnene s 188
9.24 Session release initiated from IM CN SUDSYSIEM SIdE.......c.coiiiiiiieeee e 191
9241 BICC ittt ettt et eh e Rt e e et e Ee Rt Rt e Rt ene e EeeEeeEeeReeheeneenteateaeeeteeneeneeeentenee 191
92411 Session release in the IM CN SUDSYSEEM SIAE.........cooeeiiie e 191
92412 Session release in the CS NEWOIK SIOE..........ciiiieie e e e 191
9.24.1.3 M ESSAgE SEQUENCE CREIT.......oieeiece ettt et sre e sre e re e te et e eneesnaesreesneas 191
9.24.2 S SO SRPS 192
9.24.2.1 Session release in the IM CN SUDSYSEEM SIAE.........cccveieie e 192
92422 Session release in the CS NEWOIK SIOE........o.cciiieie e e e 192
92423 M ESSAPE SEQUENCE CREIT......eeceeite ettt ettt b et se bt b st be b e b e e e b e nneneeneas 192
9.25 Session releaseinitiated from CS NEIWOIK SIAE........c.oiiiiie e e 192
9251 2 192
9.2511 Session release in the CS NEIWOIK SIOE........o.eoieeee e 192
92512 Session release in the IM CN SUDSYSIEM SIE.........ciiiieirie s 193
9.2513 M ESSAGE SEAUENCE CREIT......eeceeeteieeieet ettt ettt b bbb bt b e bbb e e b nn e eneas 193
9.25.2 S SRS 193
9.2521 Session release in the CS NEWOIK SIE..........ciiiieiie e e e 193
9.25.2.2 Session release in the IM CN SUDSYSEEM SIAE.........coceeiirie e s 193
9.25.2.3 M ESSAgE SEQUENCE CREIT.......cieeiice ettt sre e sre e re e be et e eneeeraesreenneas 194
9.2.6 Session release initialed DY MGCF ..........ocvi et st e e teeneeneeenes 194
9.26.1 2 PSSRSO 194
9.26.1.1 Session release in the CS NEIWOIK SIOE.......coeoieeee e 194
9.26.1.2 Session release in the IM CN SUDSYSIEM SIE.........oeiiiiiriice s 194
9.26.1.3 M ESSAGE SEAUENCE CREIT......eeceeeteieeieet ettt ettt b bbb bt b e bbb e e b nn e eneas 194
9.26.2 10 RS SS 195
9.26.2.1 Session release in the CS NEIWOIK SIOE.......co.eoieeee e 195
9.2.6.2.2 Session release in the IM CN SUDSYSEEM SIAE.........cociiiie e 195
9.2.6.2.3 M ESSAgE SEQUENCE CREIT.......cieeieee et te et et esre e sre e re e te et eeneesnaesnaenreas 195
9.2.7 Session release initiated DY IM-MGW .........ocuiiiiiicice ettt te e aeeae e e 196
9271 2 S PSSRSO 196
92711 Session release in the CS NEWOIK SIOE........o.ciiiieie e e e 196

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 11 ETSI TS 129 163 V9.18.0 (2014-07)

9.2.7.1.2 Session release in the IM CN SUDSYSEEM SIAE.........ccoieiie e 196
9.2.7.1.3 M ESSAGE SEQUENCE CNEIT.......ciicieeeee et et et esre e s re e te et e eneesnaesneenneas 196
9272 S PSSO SR T S 197
92721 Session release in the CS NEWOIK SIOE..........ciiiieie e e e 197
9.2.7.2.2 Session release in the IM CN SUDSYSEEM SIAE.........coceiiere e e 197
9.2.7.2.3 M ESSAgE SEQUENCE CREIT.......cieeieceee ettt et sre e sre e re e beenbeenaeenaesraenneas 198
9.28 Handling of RTP tel€Dhone @VENES ..ot 198
9281 Sending DTMF digits out-of-band to CS CN (BICC)........ccviieerireenie et 199
9282 Sending and receiving DTMF digits inband to/from CS CN (ISUP or BICC) ........cccooviriniienenienens 201
9.283 Receiving DTMF digits out-of-band from CS CN (BICC) ..o 202
9.29 Session hold initiated from IIM CN SUBSYSIEIM ......c.oiiiiiiiiireeeee e 204
9.2.10 Session hold initiated from CS NEIWOIK ..........coiiiiiiiiii e e 205
9.3 MN SIgNAITING PrOCEUAUIES .......oeceiieeiecieesees et e et s et e et e et e e e st e te e teestesssesneesseesaeesseenseenseenseenaesneesnansnnas 206
931 Procedures related to terminations towards the IM CN SUDSYStEM.........ccveveeviere e 206
9311 Reserve IMS CONNECLION POINL .......oiiiieeieese e sae e s e e st e teesteesaesreesreesreenreenseeneeenes 207
9.3.1.2 CONfIQUIE IIMIS FESOUITES ....cuve e eeeeeeeeetees e e e e e sestae s e e steesaeenseeneesseesseesseenseenteentesseesseesneesneesseensensenns 208
9.3.1.3 Reserve IMS Connection point and configure remote rESOUICES..........cccuerueerieerieeiesie e seeseeseeeee s 208
9.3.14 REIE8SE IM S tEIMINGLION.......cvieeeeeiee ettt st s ae st e ae e e e ee st e seeseesaeeneeneeneeees 209
9.3.15 DEteCt IMS RTP TE VAN ... oottt ettt st e b e et e e ae e eaeesbeesbe e beeseenreenneenns 210
9.3.16 NOLITY IMS RTP T BVENE ...ttt ettt b e et b e 210
9317 Y40 o TR 210
9.3.18 SENA IMS RTP TE BUENL ...ttt ettt et e e atesaeesbeesbeesbeesaeesneenteenbeens 210
9.3.19 SIOP IMS RTP Tl BVENE ...ttt b e et b e eb e b e b b sneneas 210
9.3.1.10 Termination heartbeat INAICALTION ..........coiiiiii e e 211
93111 IMS BEAIEr REIEASEU. ... ..ottt bbbttt e b et st ne 211
9.3.1.12 END IMS RTP TE BVENML.....ceiiiie ettt e et sttt sttt sttt b 211
9.3.1.13 1SS oo I g SOOI 211
9.3.1.14 1SS (o o T 1= TSRS 211
9.3.1.15 IMS TONE COMPIELEX.........ceouieiieiece ettt e s e te s aae e sre e sreesteeeeeneeeneasseeneeeneesnenssansneas 211
9.3.2 Procedures related to atermination towards an ISUP Network...........cocooviiienieienenes e 211
9321 eSS AV I Yot o U 211
9322 Change TDM through-CONMECTTION ........cceiuiiririeieierieiete ettt bbb e ebesnesneneas 212
9323 Activate TDM V0iCe-ProcessiNg FUNCLION .......cc.eeiirieiiieee e 212
9.3.24 = 00 I D1V o =R 212
9.3.25 RS (o] B I 1Y I o = PRSPPI 212
9.3.2.6 Play TDM @NNOUNCEMENL ......ccveiieiieieesieesteeteesteesaesseesseesteessessesseesseesseesssansesssesssnsseessesssenssesnsessssnes 212
9.3.2.7 TDM announcement COMPIELEA ........cciiiiie e s e et e e naesraesraesreesneas 212
9.3.2.8 SEOP TDM GNNOUNCEIMENT ....uvieiiee ettt ettt ettt e s sibe s s be e st esabe e st e e s beesabeeebeesbeesaeesbeeennreesanes 213
9.3.29 L0011 01T 1= o O PS 213
9.3.2.10 CONtiNUILY CNECK VENTY ..ottt e e e e e sreenaesneesneesneenneenreens 213
93211 CoNtiNUItY CHECK FESPONSE ......viueiiiitieeierte ettt et st b e et b e et b e b b nnene s 213
9.3.2.12 R =S R D L\ I = 11 7= (o S 214
9.3.2.13 TermMiNatioN OUE-Of -SEIVICE .....coue ettt ettt s e e e teseesbesbesaeenee e eneeneens 214
9.3.214 Termination heartbeat INAICALTON ..........ooe i 214
9.3.2.15 BEArEr REIEASEM. ... cceeeeeeeeeee ettt ettt a et et et eeeae e e e et ee 215
9.3.2.16 TDM tONE COMPIELEA ...ttt bbb bbb e 215
9.33 Procedures related to atermination towards a BICC NEIWOIK ...........cooeeivereiineninineeese e 215
9.34 NON-Call relaled PrOCEAUIES..........ee e ettt e e s s et e s e e be e beestessaesneesnnesaeesneenseensenns 215
9.35 U T o E R 1 o= | o S PR 216
Annex A (informative): AV 0 Lo IS U PSP S UTRSUROPURPPPN 218
Annex B (normative): Codec Negotiation between a BICC CS network and the M CN
SUDSYSEEIM ... 219
= 700 R 111 0o (1 1 oo OSSR 219
B.2  Control plan@ interWOrKING .........ccueieiririsiiieseree ettt r e e n e 219
B.2.1 Incoming call interworking from SIP 1o BICC at [-MGCF...........ccoiiiiiiineeeneeee e 219
B.2.11 SENING OF TAM L. b et b e e b e b e h e bt he b se st e e st eb e s e et b e s b et b b 219
B.2.1.2 SENAING OF SDP @NSWEY ...ttt ettt b e et b e bt b e e et b et b bt b b 219
B.2.2 Outgoing call interworking from BICC to SIP al O-MGCF ........ccooiiiiice e 219
B.221 1S 1o 1 0T I T VA L ST STS 219

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 12 ETSI TS 129 163 V9.18.0 (2014-07)

B.2.2.2 Responding to serving node initiating codec NEGOLIation ...........ccevveieeerie s 220
B.2.3 Mid-call interworking from SIPto BICC at I-MGCF or O-MGCF ........coooieiieice e 220
B.23.1 RECEIPL Of SDP OFfEF ...t e st e e e e e tessaesaeenteenaesnnesneesaeenseensenns 220
B.2.3.2 GENEIAtiNg SDP GNSWET .....ecvieieeieeteesteesee st e e see st e seesteeteesaeesaesseeste e teensesseesseesseesseeseenseenseensenneessensnes 221
B.2.4 Mid-call interworking from BICC to SIP at I-MGCF 0r O-MGCF ........ccoviiiie e 221
B.24.1 Receipt of mid-call codec Negotialion FEQUESE..........cicueiee e ee e e e nreeneens 221
B.24.2 Responding to serving node initiating mid-call codec Negotiation ............cccererrinenneneseeeee e 221
B.24.3 Receipt of codec MOdifiCation FEOUEST..........covieririeecrie bbb e 222
B.2.5 Codec parameter trandation between BICC CS network and the IM CN sUbSystem ..........cccceevereenenienenn 222
B.25.1 Codec parameters for 3GPP AMR-NB COUECS........cccoiiiiiiirieeeisiereeie et 223
B.25.2 Codec parameters for 3GPP AMR-WB COUECS.........cooiiiririeieisiereeie ettt 224
B.2.5.3 Codec parameters for 3GPP NON-AMR COUECS......c.ueiiiiiiiei ettt nneas 226
B.2.5.4 Codec parameters fOr ITU-T COUECS.......ccuiuiiieieeiee st ese e eeesee st te s ae e e e sreesseeteenseeneesnaessaesneas 226
B.3 MGCF-IM-MGW interaction during interworking of codec negotiation............ccccceveevererenerennenns 227
B.3.1 Basic IM CN subsystem OrigiNated SESSION ........ccueiueieereereesieeieeeee s e stee e e e estesseesaeesreesaeenseenseeseesssessaessnns 227
B.3.1.1 BICC forward bearer establiSNMENt ...........cooiriiiee et s neen 228
B.3.1.1.1 IM-=IMGWV SEIECHION ...ttt et e et e st e e s be e beeatesaeesaeesbeebeenteenteeaeesanesaeas 228
B.3.1.1.2 CS network side bearer establiShmENt...........ooeeieie e e 228
B.3.1.1.3 IM CN subsystem side session establiSMENT .........co.eiiiieiiee e 228
B.3.1.14 THIrOUGN-CONNECTION ...ttt bbbt bt s bbbt ens 228
B.3.1.15 LOCeTo (< o 7= 0o | 11 o [HUN USSP P PP SRUPTPTSTURPRRON 229
B.3.1.1.6 Failure handling INIMGCF .........cooi e st e s re e te e te e te e teeeeenneeneeanes 229
B.3.1.1.7 M ESSAZE SEQUENCE CNAIT ...t ettt e e s r e et e e e e enteste e teereeneeneeenes 229
B.3.2 Basic CS NEtWOrK OrigiNaled SESSION. .......ccvciuieiieieseesee st re e ste et e s et e et e ssaesaeesreesreeteenseenaesseessaesaens 231
B.3.21 BICC forward bearer establiShmMeNt...........ocooiiiiiiii e 231
B.3.21.1 IM-MGW SEIECTION ...ttt b et s et be e e st s be s e s st et e e ebenbenene 231
B.3.2.1.2 IM CN subsystem side termination reSErVELION ............cccierieirieieereees e 231
B.3.2.1.3 IM CN subsystem side session establiShMENt .........co.eiiieriiee e 231
B.3.214 CS network side bearer establiShmENt...........ooeeiie e e 231
B.3.2.15 Called PArtY @l EITING. ... e ettt b bbbt b bbbt b b e s ere e 232
B.3.2.1.6 CAllEd PAILY GNSIWET .......eitieeieetereee ettt ettt e e bt b et b e s b e s e eb e sbeseeb e ebese et e sb e e ebesbeseeneebeneeneas 232
B.3.2.1.7 THrOUGN-CONNECTION ...ttt b et e e b et eb e 232
B.3.2.1.8 100 L= o 7o {11 oo USSP 232
B.3.2.1.9 Failure handling INIMGCF .........cooi et st e s e te e te e e e re e reeneeneeenes 232
B.3.2.1.10 M ESSAZE SEQUENCE CNAIT ...ttt e e st e et et en e eneente e teereeneeneeenes 232
B.3.3 CS network initiated mid-call COOEC NEQOLILION...........ccceiie e 235
B.3.4 IM CN subsystem initiated mid-call cOdeC NEQOLIALION..........cccuveieiierieree e 236
Annex C (nor mative): Interworking of CPC parameter .........cocovveveneneneeieeeses e 237
C.l  INerWOrKiNG SIP L0 ISUP........oiuice ettt sttt s be et s teeae e besreenaesbesreensesreens 237
C.2  INEWOIKING ISUP O SIP.......oeiieeee ettt 238
Annex D: RV 0o TSRS TRPRTRRN 239
Annex E (normative): Multimedia interworking between the | P Multimedia Cor e Networ k

(CN) Subsystem (IMS) and Circuit Switched (CS) networks.................. 240
E.1 Basic Multimediacallsinterworking between the IMS and CS Networks scenarios...........ccccceeeeeee. 240
E.2  Control plane interWOrKiNg .......ccooeeieieeie et reeae s re e e besre e teeesreeneesreanes 241
E2.1 LT 1 | SRRSO 241
E.2.2 Functionalities required in the MGCF for multimedia callS SUPPOIT.........c.ccveiieierce i 241
E.2.3 IM CN SUDSYSLEM OFiGINALEA SESSION .....veitieetiite ettt sttt sttt ettt et eb e et b e se et ebesbe e ebesbeneeneas 241
E231 PreconditionS USEA 8 IMS SIOE. .....c.ooiie ettt st st ene e et e 241
E2311 Interactions between H.245 or MONA and SIP/SDP ........ooiiiiiieeree e 241
E.2.3.2 Preconditions NOt USE @t IIMS SIOE......cue ittt se e 243
E2321 Interactions between H.245 or MONA and SIP/SDP ........ooiiiiiieeree e 243
E.2.33 Fallback to speech at Session estaldliSNMENL ..o e 245
E.24 (@SR 0= Vo g Qo g Te LT =0 S =S T o] o 245
E241 Interactions between SIP/SDP and H.245 0 MONA ... 245
E24.1.1 Lo g O S (o 245

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 13 ETSI TS 129 163 V9.18.0 (2014-07)

E24.1.2 Cadll setup if multimediacall can not be recognized in an unambiguous manner...............cceevevvennenns 247
E.24.1.3 Fallback to speech during Call SELUD .......ccuvciieieicee et 247
E.24.2 CSoriginated - IM CN transit - CSTermMiNaled ..........cccoeeeiienieiieee et rae e snees 248
E.25 S Vo c o 7= a0 T 249
E.25.21 IS O U TP PRSPRPN 249
E.25.2.1.0 LC T g1 - TR 249
E25211 IM CN subsystem originated ChaNQE...........oo i e 249
E252111 Change from multimediato SPEECH ..o e 249
E.252112 Change from speech to MUItIMEIA ..o e 250
E.25212 CS network originated ChANGE. .......coiviieiriiiee sttt 251
E.252121 Change from multimediato SPEECH ..o e 251
E.252122 Change from speech to MUItIMEdIa ..........ccveieiice e 252
E.25.2.2 Non-SCUDIF case (1SUP or BICC Without SCUDIF) .......cccooeiririeiriiieireeseseees s 252
E.25221 Change from multimediato @UAIO ...........cccuveieiierie e 252
E.25.2.22 Change from speech to MUItIMEdIa...........ccoeiiie e e 253
E.2.6 Call TEIBASE..... et bbbt h e bt e e R R Rt bRt e bR e bRt eaeeae e nrennen 253
E.2.6.1 Cadll release initiated from the IM CN SUDSYSLEM SIUE........cccueieeieeie e 253
E.2.6.2 Call release initiated from the CS NEtWOIK SIAE........c.oiiiiierieeee e 254
E.2.6.3 Call releaseinitiated from the interworking NOGE.............coiiiiiieiie e 255
E.3  USer Plan@interWOrKiNg .......cceeceiieeesiciesiesee ettt st eee e eseenaesaeenseseesresneeseesneenees 256
E3.1 Functionalities required in the IM-MGW for multimedia calls SUPPOIt ..........cccoereeririeiineneeseeeseseeees 256
E.4  MGCF and IM-MGW INEFACHIONS.......c.ciiiuiriiriisiesieieieesesie sttt st sse st neenes 256
E4.1 FEFOOUCTION ...ttt st bbb a e st et e e e b e bt e b e e aeeaeeb e e aeem e e e e b e nbesheebe e e eneenreres 256
E.4.2 eI Yoot T a0 1= = (0] S 257
E4.21 100 1o ') o SR 257
E4.2.2 [ IS @] g1 1= (Y, o o L= 257
E.4.2.3 Transport of H.245 messages between the MGCF and IM-MGW ...........cccoiiineninnieneneeneseeesie e 257
E4.231 LT 0T R 257
E.4.23.2 Transport from MGCF t0 IM-IMGW .........coiiiiiieneeee et 258
E.4.2.3.3 Transport from IM-MGW (0 MGCF...........oooiiiiiiieintereee e 258
E4.24 Call establiShmENt PrOCEAUIE..........ocueeciecieee et te e s re e steeneeteeareeneeenaesreesneas 258
E.4.25 Handling of H.245 iNdiCalion MESSA0E.........ccveiieieeieeeseseeseese e e et e eae e e ssae st esteesaeesaeeaesreesaeenseensenns 261
E.4.25.1 OVEIVIBW ...ttt ettt sttt sttt e et st e st e b e et e st e bt e be s e e bt e Eeseeseebe s e e Rt ebeseese et eneebeebe e ebenbeneesentenennens 261
E.4.25.2 Function Not Understood / Function Not SUPpPOrted MESSAQE........ccvvrvereereereeseeseeereeeeeeee e seeeseens 261
E.4.25.3 User INPUL INAICELION MESSAJE ... .eiveieereeerteeieeteeeestee s e e e e e seeseesaeesreesseasesseesseesseeseeseensessesnseanes 262
E.4.26 Handling of H.245 COMMENG MESSATE .....c.veueruirieuiriirieieiesteieie sttt b st sb et sb e b e e 262
E4.26.1 L@ oY= 262
E.4.26.2 FIOW CONEIOl COMMIANG ...ttt ettt e e st e besee et e e aeene e e e ssesbesaeeseeneeneees 262
E.4.26.3 [0 ST S To T @] 0 T4 0= S 263
E.4.26.4 ViAEOFEStUPABLEPICIUNE ...ttt bbbt 263
E4.27 Mn Signalling I nteractions to support the Media Oriented Negotiation Acceleration (MONA).............. 264
E4.2.7.1 OVEIVIBW ...ttt sttt sttt bt et b e e bt e s e et e e b e s e e bt e b e s e e bt e Eese e st ebe s e eReebeseen e et ene et e nbe e ebenbeneesenteneenens 264
E4.2.7.2 Mn Interactions for MONA PreferenCe MESSAES. ... ..uviveieereereiieesieeseesseesseeeesseesseessesssesssesesssessnes 266
E.4.2.7.3 Mn INteraCtions fOr MONA IMPCS..........ooiiiiiiieieeeie sttt b e sr b e b e 268
E4.27.4 Mn INteraCtions fFOr MONA SPCS........ooiiienereeeee ettt b e sr bbb e e 270
E4.274.1 LC T g1 - PR 270
E.4.2.7.4.2 Transport from MGCF 10 IM-MGW .......ccoiiie ettt e sne e 270
E.42743 Transport from IM-MGW 10 MGCF ..ot 271
E4.2744 Termination Of SPC PrOCEAUIE...........ccviiiiieirtieer bbb 271
E4.275 Mn Interactions for fallback from MONA procedures to standard H.324 setup..........ccoceeevereecnnennn 272
E.4.28 Interworking between RTCP messages and H.245 MESSAgES. ........cuiirieeririeererieieiesiesee s 273
E4.281 L@ QT 273
E.4.28.2 IM CN subsystem originated RTCP MESSAGES........ccciverueeeieeesiesieeieetesseeseeseesseesssesssssssseessesssesssees 273
E.4.28.3 CS network originated H.245 MESSAQES. ... .ccuveuerierieeieesee st esteesteeaessesseesseesseesseessessssessssesseessesssenns 275
E4.3 MN SIGNAITING PrOCEUAUIES ... .oeciiieiecieesees et ee e ste et e e e et e e e et e te e te e tesseesseesaeesseesseenseenseenseensesneensaesnees 275
E.431 (@Y Y SOOI 275
E.4.3.2 Yo (o I U Lo L= =1 117 o] o S 276
E.4.3.3 Configure MUltipleX TerMUNGLION. ........ceieeieeseerie et e s et e e e e e e s e e e sreesaeeteeseessaesteenseenseeseessansneas 277
E4.34 SIGNAL H245 MESSAQE .....eeeeieite ettt ettt b e et b e et b e bt b e st bt et b e bt b e b 278
E.4.35 NOLITY H245 IMESSA0E ...ttt bbb bbbt b et b et nb b 278

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 14 ETSI TS 129 163 V9.18.0 (2014-07)

E.4.3.6 NoOtify MONA Preference RECEPLION.........ccveiiriece e st este et te e srae e saeesaesaesneesneenseenneens 279
E.4.3.7 Notify MONA Preference COMPIELE ..........ooieeiiee et e e e e reeneens 279
E.4.3.8 IS o = R SO RS 280
E.4.3.9 N0 VS ST SRS 280
E.4.3.10 NOLITY IMPC ..ttt et b e b et b et et b ek e e et se et et e ne st et enenbe st e ene 281
E4.3.11 Notify Detection of Legacy INtErWOrKiNg..........ccvieiiieiiise et eneens 281
E.4.3.12 ReqUESt RT CP-INEEIWOIKING .....evieeetireeieieiteiet sttt b et 282
E.4.3.13 NOLITY RTCP-INTEIWOIKI NG ...ttt bbbt 282
E.4.3.14 SigNAl-H.245-INEEIWOTKING . ...ttt ettt st a et b e et b e et et sn et b e b 283
E.4.3.15 S o o 1 1Y SRS 283
E.4.3.16 S (0 o TS SRS 283
E.4.3.17 S0 oY 1@ NV (N o To = 1 o o 284
Annex F (normative): PSTN XML SCREME......o it 286
Nt oo o= TSP T PRSP 286
e V1 1Y Y o S 286
F.3 XML SChemadefiNitioN..........ccooiieiicicse ettt st eae et s reennesreenes 286
F.4  TANA registration tEMPIELE.......cccoi it ne e n e n s 291
Annex G (informative): Yo T o 294
Annex H (normative): Interworking of Originating Line Information (OLI) parameter

(NEEWOr K OPLION) ...ttt 295
H.1  INterWOrking SIP O ISUP.........oiiiiieiei ettt s ne e 295
H.2  INErWOrKiNG ISUP O SIP.......ceeeice ettt sttt et st s re et s be e e eesneeneeseeanes 295
Annex | (normative): GTT interworking between the P Multimedia Core Network (CN)

Subsystem (IMS) and Circuit Switched (CS) networks.........ccoceeevvieeneene 296
.1  Overview of GTT interworking between the IMS and Circuit Switched (CS) networks.................... 296
[.2  Control plan@ iNtEIWOIKING ......cc.coveieiririiteri ettt r e e b r e s 297
.2.1 LT o1 = OSSR 297
1.2.2 Functionalities required in the MGCF for GTT CallS SUPPOI ......c.eeiveeieee et 297
1.2.3 IM CN SUDSYStEM OFiQiNAtEA SESSION ......ecuveiiieiieeiieesie et e st e s et e e et esseessaesreesaeesseesteeeeenseenseesaesseessaesneas 297
.2.3.1 Initial INVITE with an SDP offer including atext medialing........ccocvecveieniesiese e 297
1.2.4 CS NEtWOIK OFiGINGLEH SESSION .....cvetiueeiirtiietert ettt ettt sttt b b ae b b et b et et b e s st et et e e benbe e 298
1.2.4.1 GENEN@L.... .ottt ettt e bt e et e et e et e e tesaeeeae e eheeateebeeateeaeeeheebe e teebeeteeaeeeaeeaaeeabeeteebeenteenteaaeesanas 298
1.2.4.2 Initial INVITE with an SDP offer including audio ONlY ..........cc.coiienieeeeeeee e 298
.25 Subsequent SDP offer/answer exchange adding text to an audio SESSION .......cccovveeverieierinennese e 299
.3 USer Plan@interWOrKiNg ......c.coveieeieeeesee sttt sttt estesre e e saeeneeseesreeneeseesneenees 299
.3.1 Functionalities required in the IM-MGW fOr GTT SUPPOIT .......cooveiiieieeie et 299
1.3.2 Monitoring of text/modem SignalSONthe CS SIE .......ccceviei e 299
1.3.3 Multiplexing between the CS and IMS SLIEAMS ..........coveeriecicecies ettt snaesraesnees 300
1.3.4 Conversion between text/modem and Real-Time Text OVEr RTP........ccocciiiiiniiinineee e 300
1.4 MGCF and IM-MGW INTEIACIONS. ........ceiiieeiesieiesieseesie e eeesie e et see e sseestesreeeessesseessesneeneeseesnes 300
.4.1 T (oo L1 o 1o o USSR 300
1.4.2 MN SIGNAITTING TNEEFACHIONS ...ttt b et b e bbbt b bbb et nn e enis 301
.4.2.1 [0 o (0o (o] o FEO TP PRSPPI 301
1.4.2.2 H.248 CONtEXE IMOTE .......ooeieieieieetee ettt bbb et st e b e 301
1.4.2.3 LS o T Tol\Y TR Ko =1 T o T o I PR 301
1.4.2.4 IM CN subsystem originated session between the MGCF and IM-MGW ........ccccoovvievievcevceese e 302
1.4.24.1 Initial INVITE with an SDP offer including Real-Time TeXt.......cccoevieveeie e 302
1.4.2.5 CS NEtWOrK OFgiNGLEA SESSION........eeitieiieieeiesieseeseesteesteesteesaeesaessaesteesteesseesesseesseesseesseenseenseensessenssenssnes 304
1.425.1 Initial INVITE with an SDP offer only including @Udio ............cceeiirieinineneese e 304
1.4.3 M SIGNAITTING PrOCEAUNES ........eivieetirteeet sttt ettt b e b bbb e bt b e st b e e e sb et e e e b e nn e enis 305
1.4.3.1 OVEIVIEW ..ttt ettt et et e e st e s ae e ste e bt et e eaeeeaeasbeebeesbeeatesasesaeesaeesaeebeenbeanseeasesseesseesbeesteeseensesnnennns 305

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 15 ETSI TS 129 163 V9.18.0 (2014-07)

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 16 ETSI TS 129 163 V9.18.0 (2014-07)

Foreword
This Technical Specification has been produced by the 3" Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where;
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y the second digit isincremented for all changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.
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1 Scope

The present document specifies the principles of interworking between the 3GPP IM CN subsystem and BICC/ISUP
based legacy CS networks, in order to support IM basic voice, data and multimedia calls.

The present document addresses the areas of control and user plane interworking between the IM CN subsystem and CS
networks through the network functions, which include the MGCF and IM-MGW. For the specification of control plane
interworking, areas such as the interworking between SIP and BICC or ISUP are detailed in terms of the processes and
protocol mappings required for the support of both IM originated and terminated voice and multimedia calls.

Other areas addressed encompass the transport protocol and signalling issues for negotiation and mapping of bearer
capabilities and QoS information.

The present document specifies the interworking between 3GPP profile of SIP (as detailed according to 3GPP TS
24.229[9]) and BICC or ISUP, as specified in ITU-T Recommendations Q.1902.1 to Q.1902.6 [30] and ITU-T Q761 to
Q764 [4] respectively.

The present document also specifies the interworking between circuit switched multimedia telephony service, as
described in 3GPP TS 26.110 [ 78] 3GPP TS 26.111 [79], and ITU-T Recommendation H.324 [81] and packet switched
multimedia services, as described in 3GPP TS 26.235 [80] and 3GPP TS 26.236 [32], in particular and the interworking
between the 3GPP profile of SIP and the inband control protocols for multimedia communication as specified in ITU-T
Recommendations H.245 [82] and H.324 Annex K [81].

The present document addresses two interworking scenarios with respect to the properties of the CS network:
- The CS network does not use any 3GPP specific additions.
- The CS network uses 3GPP specific additions.

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present
document.

o References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

o For aspecific reference, subsequent revisions do not apply.

e For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including
aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] ITU-T Recommendation G.711 (11/88): "Pulse Code Modulation (PCM) of voice frequencies’.
[2] ITU-T Recommendation H.248.1 (05/02): " Gateway control protocol: Version 2".
[3] ITU-T Recommendation Q.701 (03/93), Q.702 (11/88), Q.703 (07/96), Q.704 (07/96), Q.705

(03/93), Q.706 (03/93), Q.707 (11/88), Q.708 (03/99), Q.709 (03/93): "Functional description of
the message transfer part (MTP) of Signalling System No. 7".

[4] ITU-T Recommendations Q.761to Q.764 (12/99): " Specifications of Signalling System No.7
ISDN User Part (ISUP)".

[5] Void.

[6] 3GPP TR 21.905: "Vocabulary for 3GPP Specifications'.

[7] Void.

[8] 3GPP TS 24.228: "Signalling flows for the |P multimedia call control based on SIP and SDP".
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[9]

[10]
[11]
[12]
[13]
[14]

[15]

[16]
[17]
[18]
[19]
[20]
[21]

[22]
[23]

[24]
[25]
[26]
[27]
[28]
[29]
[30]
[31]
[32]
[33]
[34]
[35]

[36]

[37]
[38]

[39]

3GPP TS 24.229: "IP Multimedia Call Control Protocol based on SIP and SDP".

3GPP TS 23.002: "Network Architecture”.

3GPP TS 22.228: " Service requirements for the IP Multimedia Core Network Subsystem”.
3GPP TS 23.228: "IP Multimedia subsystem (IMS)".

Void.

3GPP TS 29.205: "Application of Q.1900 series to Bearer Independent CS Network architecture;
Stage 3".

3GPP TS 29.332: "Media Gateway Control Function (MGCF) — IM-Media Gateway (IM-MGW)
interface, Stage 3".

IETF RFC 791: "Internet Protocol”.

IETF RFC 768: "User Datagram Protocol".

IETF RFC 2960: " Stream Control Transmission Protocol”.

IETF RFC 3261: "SIP: Session Initiation Protocol”.

3GPP TS 29.202: "Signalling System No. 7 (SS7) signalling transport in core network; Stage 3".

IETF RFC 2474: "Definition of the Differentiated Services Field (DS Field) in the IPv4 and IPv6
Headers".

IETF RFC 2475: "An Architecture for Differentiated Services'.

IETF RFC 4867: "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate
(AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs'.

IETF RFC 793: "Transmission Control Protocol”.

3GPP TS 29.414: " Core network Nb data transport and transport signalling”.

3GPP TS 29.415: "Core network Nb interface user plane protocols’.

3GPP TS 23.205: "Bearer-independent circuit-switched core network; Stage 2".

Void.

ITU-T Recommendation Q.2150.1: "Signalling transport converter on MTP3 and MTP3b".
ITU-T Recommendations Q.1902.1 to Q.1902.6 (07/01): "Bearer Independent Call Control".
Void.

3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
Void.

Void.

ITU-T Recommendation Q.765.5: "Signalling system No. 7 — Application transport mechanism:
Bearer Independent Call Control (BICC)".

IETF RFC 3264 "An Offer/Answer Model with the Session Description Protocol (SDP)".
IETF RFC 3312: "Integration of Resource Management and Session Initiation Protocol (SIP)".

ITU-T Recommendation Q.850 (05/1998) including Amendment 1 (07/2001): "Usage of cause and
location in the Digital Subscriber Signalling System No. 1 and the Signalling System No. 7 ISDN
User Part”.

IETF RFC 2460: "Internet Protocol, Version 6 (IPv6) Specification".
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[40]
[41]

[42]

[43]

[44]

[45]

[46]

[47]
[48]

[49]

[50]
[51]
[52]
(53]
[54]
[55]
[56]
[57]
(58]
[59]

[60]

[61]

[62]

[63]

IETF RFC 3323: "A Privacy Mechanism for the Session Initiation Protocol (SIP)".

IETF RFC 3325: "Private Extensions to the Session Initiation Protocol (SIP) for Asserted Identity
within Trusted Networks".

ITU-T Recommendation Q.730 (12/99), Q.731.1 (07/96), Q.731.3 (03/93), Q.731.4 (03/93),
Q.731.5 (03/93), Q.731.6 (03/93), Q.731.7 (06/97), Q.731.8 (02/92), Q.732.2-5 (12/99), Q.732.7
(07/96), Q.733.1 (02/92), Q.733.2 (03/93), Q.733.3 (06/97), Q.733.4 (03/93), Q.733.5 (12/99),
Q.734.1 (03/93), Q.734.2 (07/96), Q.735.1 (03/93), Q.735.3 (03/93), Q.735.6 (07/93), Q.736.1
(10/95), Q.736.3 (10/95), Q.737.1 (06/97): "I SDN user part supplementary services'.

ITU-T Recommendation 1.363.5 (1996): "B-ISDN ATM Adaptation Layer specification: Type 5
AAL".

ITU-T Recommendation Q.2110 (1994): "B-ISDN ATM adaptation layer - Service Specific
Connection Oriented Protocol (SSCOP)".

ITU-T Recommendation Q.2140 (1995): "B-ISDN ATM adaptation layer - Service specific
coordination function for signalling at the network node interface (SSCF AT NNI)".

ITU-T Recommendation Q.2210 (1996): "Message transfer part level 3 functions and messages
using the services of ITU-T Recommendation Q.2140".

3GPP TS 23.221: "Architectural requirements”.

ITU-T Recommendation E.164 (05/1997): "The international public telecommunication
numbering plan”.

ITU-T Recommendation Q.1912.5 (03/04): "Interworking between Session Initiation Protocol
(SIP) and Bearer Independent Call Control Protocol or ISDN User Part".

3GPP TS 26.102: "Adaptive Multi-Rate (AMR) speech codec; Interface to lu and Uu".
IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications'.

IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control™.
IETF RFC 3555: "MIME Type Registration of RTP Payload Formats".

IETF RFC 3262: "Reliability of provisional responses’.

IETF RFC 3311: "SIP UPDATE method".

IETF RFC 4566: " SDP: Session Description Protocol”.

3GPP TS 26.103: "Speech Codec List for GSM and UMTS".

3GPP TS 28.062: "Inband Tandem Free Operation (TFO) of speech codecs”.

IETF RFC 3556: " Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control
Protocol (RTCP) bandwidth”.

3GPP TS 24.604: "Communication Diversion (CDIV) using |P Multimedia (IM) Core Network
(CN) subsystem; Protocol specification"”.

3GPP TS 24.605: " Conference (CONF) using |P Multimedia (IM) Core Network (CN) subsystem;
Protocol specification”.

3GPP TS 24.606: "M essage Waiting Indication (MWI) using IP Multimedia (IM) Core Network
(CN) subsystem; Protocol specification”.

3GPP TS 24.607: "Originating | dentification Presentation (OIP) and Originating | dentification
Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol
specification”.
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[64]

[65]

[66]
[67]

[68]
[69]
[70]

[71]

[72]

(73]
[74]
[75]
[76]
[77]
[78]
[79]

[80]
[81]
[82]
[83]
[84]
[85]
[86]
[87]
[88]

[89]

[90]

3GPP TS 24.608: "Terminating Identification Presentation (T1P) and Terminating Identification
Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol
specification”.

3GPP TS 24.610: "Communication HOLD (HOLD) using IP Multimedia (IM) Core Network
(CN) subsystem; Protocol specification".

Void.

3GPP TS 24.611: " Anonymous Communication Rejection (ACR) and Communication Barring
(CB) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification”.

Void.
IETF RFC 4040: "RTP Payload Format for a 64 kbit/s Transparent Call".

ETSI EN 300 356-1 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System
No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 1: Basic services
[ITU-T Recommendations Q.761 to Q.764 (1999) modified]".

ETSI EN 300 356-21 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System
No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 21: Anonymous
Call Rejection (ACR) supplementary service".

ITU-T Recommendation T.38 (06/98): "Procedures for real-time Group 3 facsimile
communication over | P networks".

IETF RFC 3362: "Real-time Facsimile (T.38) - image/t38 MIME Sub-type Registration”.

3GPP TS 23.003: "Numbering, addressing and identification".

IETF RFC 3515: "The Session Initiation Protocol (SIP) REFER method".

Void.

IETF RFC 5079: "Rejecting Anonymous Requests in the Session Initiation Protocol (SIP)".

3GPP TS 26.110: "Codec for circuit switched multimedia telephony service; General description”.

3GPP TS 26.111: "Codec for Circuit switched Multimedia Telephony Service; Modificationsto
H.324".

3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs'.
ITU-T Recommendation H.324 (04/09): "Terminal for low bitrate multimedia communication"”.
ITU-T Recommendation H.245: " Control protocol for multimedia communication”.

ITU-T Recommendation H.261 (03/93): "Video codec for audiovisual services at p x 64 kbit/s".
ITU-T Recommendation H.263 (01/05): "Video coding for low bitrate communication”.

Void.

Void.

Void.

3GPP TS 24.173: "IMS Multimedia Telephony Communication Service and Supplementary
Services, stage 3".

IETF RFC 5009: "Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for
Authorization of Early Media".

IETF RFC 2663: "IP Network Address Trandator (NAT) Terminology and Considerations”.
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[91] IETF RFC 4244: " An extension to the Session Initiation Protocol (SIP) for Request History
Information”.

[92] ITU-T Recommendation Q.769.1 (12/99): "Signalling system No. 7 —ISDN user part
enhancements for the support of number portability”.

[93] IETF RFC 4694: "Number portability parameters for the "tel" URI™.

[94] Void.

[95] Void.

[96] ETSI EN 300 403-1 (V1.3.2): "Integrated Services Digital Network (ISDN); Digital Subscriber

Signalling System No. one (DSS1) protocol; Signalling network layer for circuit-mode basic call
control; Part 1: Protocol specification [ITU-T Recommendation Q.931 (1993), modified]".

[97] IETF RFC 3966: "The tel URI for Telephone Numbers'.
[98] Void.
[99] |ETF draft-ietf-cuss-sip-uui-06: "A Mechanism for Transporting User to User Call Control

Information in SIP".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[99A] |ETF draft-ietf-cuss-sip-uui-isdn-04: "Interworking ISDN Call Control User Information with
SIP'.

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[100] IETF RFC 4575: "A Session Initiation Protocol (SIP) Event Package for Conference State”.

[101] 3GPP TS 24.654: "Closed User Group (CUG) using IP Multimedia (IM) Core Network (CN)
subsystem, Protocol Specification”.

[102] 3GPP TS 24.616: "Malicious Communication Identification (MCID) using IP Multimedia (IM)
Core Network (CN) subsystem; Protocol specification”.

[103] 3GPP TS 23.014: "Technical Specification Group Core Network; Support of Dual Tone Multi-
Frequency (DTMF) signalling".

[104] 3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and
interaction".

[105] IETF RFC 4733: "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals'.

[106] IETF RFC 6910: "Completion of Callsfor the Session Initiation Protocol (SIP)".

[107] IETF draft-ietf-salud-alert-info-urns-09: " URNs for the Alert-Info Header Field of the Session

Initiation Protocol (SIP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[108] IETF RFC 4715: "The Integrated Services Digital Network (ISDN) Subaddress Encoding Type for
tel URI".

[109] IETF RFC 4585: "Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based
Feedback (RTP/AVPF)".

[110] IETF RFC 5104: " Codec Control Messagesin the RTP Audio-Visua Profile with Feedback
(AVPF)".

[111] 3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN)

subsystem, Protocol Specification”.
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[112]

[113]

[114]

[115]

[116]
[117]

[118]
[119]
[120]

3GPP TS 24.642: "Completion of Communications to Busy Subscriber (CCBS) Completion of
Communications by No Reply (CCNR) using IP Multimedia (IM) Core Network (CN) subsystem;
Protocol specification”.

IETF RFC 4458: "Session Initiation Protocol (SIP) URIsfor Applications such as Voicemail and
Interactive Voice Response (IVR)".

IETF RFC 5993: "RTP Payload format for Global System for Mobile Communications Half Rate
(GSM-HR)".

IETF RFC 6432: "Carrying Q.850 Codes in Reason Header Fieldsin SIP (Session Initiation
Protocol) Responses®.

IETF RFC 3326: "The Reason Header Field for the Session Initiation Protocol (SIP)".

ANS| Standard ATIS-1000113.2005(R2010) (07/2005): "Signalling System No. 7 (SS7) —
Integrated Services Digital Network (ISDN) User Part".

3GPP TS 23.237: "IP Multimedia subsystem (IMS) Service Continuity; Stage 2".
IETF RFC 5626: "Managing Client Initiated Connections in the Session Initiation Protocol (SIP)".

|ETF draft-montemurro-gsma-imei-urn-19: " A Uniform Resource Name Namespace for the
Global System for Mobile communications Association (GSMA) and the International Mobile
station Equipment Identity (IMEI)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[121] 3GPP TS 23.172: "Technical realization of Circuit Switched (CS) multimedia service UDI/RDI
fallback and service modification; Stage 2".
[122] 3GPP TS 23.226: "Global Text Telephony (GTT); stage 2"
[123] ITU-T Recommendation T.140 (02/98): "Text conversation presentation protocol".
[124] IETF RFC 4103: "RTP Payload for Text Conversation”.
[125] ITU-T Recommendation V.18 (11/00): "Operational and interworking requirements for DCEs
operating in the text telephone mode” including V.18 (2000) Ammendment 1 (11/02):
"Harmonization with ANSI TIA/EIA-825 (2000) text phones'.
[126] 3GPP TS 26.226: "Cellular text telephone modem; General description”.
[127] 3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs'.
[128] 3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
[129] IETF RFC 6086: "Session Initiation Protocol (SIP) INFO Method and Package Framework".
[130] IETF RFC 3023: "XML Media Types'.
[131] IETF RFC 3265: "Session Initiation Protocol (SIP)-Specific Event Notification”.
3 Definitions and abbreviations
3.1 Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [6], ITU-T
Recommendation E.164 [48] and the following apply:

Carrier textphone mode: amode for text communication, where continuous signals (i.e. acarrier tone) are present on
the connection irrespective of whether text is being exchanged or not.
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Carrierlesstextphone mode: a mode for text communication, where signals are only present on the connection when
text is being exchanged. E.g.: Baudot

SS7 signalling function: function in the CS network, which has the capabilities to transport the SS7 MTP-User parts
ISUP and BICC+ST Cpyp

SIP signalling function: function in the IM CN subsystem, which has the capabilities to transport SIP

Incoming or Outgoing: used in the present document to indicate the direction of a call (not signalling information)
with respect to areference point.

Incoming M GCF (I-M GCF): entity that terminates incoming SIP calls from the IMS side and originates outgoing calls
towards the CS side using the BICC or ISUP protocols.

Outgoing Interworking Unit (O-M GCF): entity that terminates incoming BICC or ISUP calls from the CS side and
originates outgoing calls towards the IMS using SIP.

Root Termination: refers to Media Gateway as an entity in itself, rather than a Termination within it. A specia
Terminationl D, "Root" is reserved for this purpose. See ITU-T Recommendation H.248.1. [2]

Signalling Transport Converter (STC): function that converts the services provided by a particular Signalling
Transport to the services required by the Generic Signalling Transport Service.

STCmtp: Signalling Transport Converter on MTP. See ITU-T Recommendation Q.2150.1[29].

BICC+STCmtp: this terminology means that BICC signaling always need to be used on top of STCmtp sublayer.

3.2 Abbreviations

For the purposes of the present document, the abbreviations as defined in 3GPP TR 21.905 [6] and the following apply:

3PTY Three Party

AAL1 ATM Adaptation Layer type 1
ACR Anonymous Call Rejection
ANM ANswer Message

APM Application Transport Message
APRI Address Presentation Restriction Indicator
ATP Access Transport Parameter
BC Bearer Capability

BCI Backward Call Indicators
BGCF Breakout Gateway Control Function
BICC Bearer Independent Call Control
CB Communication Barring

CCNR Call Completion on No Reply
CCss Call Completion Service Set-up
CDa Call Deflection Alerting

CDi Call Deflection Immediate
CDIV Communication Diversion
CdPN Called Party Number

CFB Call Forwarding Busy

CFNR Call Forwarding No Reply
CGB Circuit Group Blocking

CgPN Calling Party Number

CiC Carrier Identification Code
CMR Codec Mode Request

CON Connect

CONF Conference

coT Continuity

CPC Calling Party's Category

CPG Call ProGress message

Csl Carrier Selection Information
DSCP DiffServ Code Point

FAC Facility
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FQC Frame Quality Classification

GN Generic Number

GRS Group Reset

GVNS Global Virtual Network Service

H/W Hardware

IDR I dentification Request

IEPS International Emergency Preference Scheme
I-MGCF Incoming MGCF

IM-MGW IP Multimedia Media Gateway Function
INF Information

INR Information Reguest

IRS | dentification Response

ITCC International Telecommunication Charge Card
ITU-T International Telecommunication Union — Telecommunication Standardization Sector
MCID Malicious Communication Identification
M3UA MTP-L3 User Adaptation layer

MLPP Multi-Level Precedence and Pre-emption
MONA Media Orientation Negotiation Acceleration
MPC Media Preconfigured Channel

MRFP Media Resource Function Processor

MSN Multiple Subscriber Number

MSU Message Signalling Unit

MWI Message Waiting Indication

NOA Nature Of Address

NPDI Number Portability Database Dip Indicator
oIP Originating | dentification Presentation
OIR Originating | dentification Restriction

oLl Originating Line Information

O-MGCF Outgoing MGCF

PI Progress Indicator

PIDF Presence Information Data Format

REV Reverse Charging

RLC Release Complete

RSC Reset Circuit

RTCP RTP Control Protocol

SAM Subsequent Address Message

SCTP Stream Control Transmission Protocol
SGW Signalling Gateway

SPC Signalling Preconfigured Channel

ST Sending Terminated

TCAP Transaction Capabilities Application Part
TDM Time Division Multiplex

TIP Terminating Identification Presentation
TIR Terminating | dentification Restriction
TMR Transmission Medium Requirement

T™MU Transmission Medium Used

TNL Transport Network Layer

TNS Transit Network Selection

TP Terminal Portability

UA User Agent

UAC User Agent Client

uDI Unrestricted Digital Information

UDI-TA Unrestricted Digital Information with Tones/Announcemnets
URI Uniform Resource Identifier

usl User Service Information

uus User-to-User Signalling

XML eXtensible Markup Language
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4 General

4.1 General interworking overview

The IM CN subsystem shall interwork with BICC and | SUP based legacy CS networks, e.g. PSTN, ISDN, CS PLMNSs,
in order to provide the ability to support basic voice calls (see 3GPP TS 22.228 [ 11]), between a UE located in the IM
CN subsystem and user equipment located in a CS network.

For the ability to support the delivery of basic voice calls between the IM CN subsystem and CS networks, basic
protocol interworking between SIP (as specified in 3GPP TS 24.229 [9]) and BICC or ISUP (as specified in ITU-T
Recommendations Q.1902.1-6 [30] and ITU-T Recommendations Q761 to Q764 [4] respectively) hasto occur at a
control plane level, in order that call setup, call maintenance and call release procedures can be supported. The MGCF
shall provide this protocol mapping functionality within the IM CN subsystem.

User plane interworking between the IM CN subsystem and CS network bearers (e.g. 64k TDM, ATM/AAL2 circuit or
I P bearer) are supported by the functions within the IM-MGW. The IM-MGW residesin the IM CN subsystem and
shall provide the bearer channel interconnection. The MGCF shall provide the call control to bearer setup association.

TheIM CN subsystem shall interwork, at the control and user plane, with BICC and | SUP based legacy CS networks.
The support of supplementary services shall be as defined in 3GPP TS 22.228 [11]. The MGCF and IM-MGW shall
support the interworking of the IM CN subsystem to an external 1SUP based CS network. They may also support
interworking to a BICC based CS network where no 3GPP specific extension is applied. The MGCF and the IM-MGW
may also support interworking to a BICC based CS network where 3GPP specific extensions in accordance with 3GPP
TS 29.205 [14] are applied.

5 Network characteristics

5.1 Key characteristics of ISUP/BICC based CS networks

Thissignalling interface to aPSTN is either based on BICC Capability Set 2 as specified in ITU-T Recommendations
Q.1902.1 t0 Q.1902.6 [30Q], or on ISUP (see ITU-T Recommendations Q.761 to Q.764 [4]).

The interface towards a CS-PLMN may either be one of the interfaces mentioned in the paragraph above or asignalling
interface based on BICC with 3GPP specific extensions, as specified for the 3GPP Nc interface in 3GPP TS 29.205
[14], and the IM-MGW may support the 3GPP Nb interface, as specified in 3GPP TS 29.414 [25] and 3GPP TS 29.415
[26]. If the 3GPP Nc interface is applied as signalling interface, the 3GPP Nb interface is used as user plane interface
and the Nb UP Framing protocol is applied.

5.2 Key characteristics of IM CN subsystem

TheIM CN subsystem uses SIP to manage | P multimedia sessions in a 3GPP environment, it also uses IPv6, as defined
in RFC 2460 [39], as the transport mechanism for both SIP session signalling and media transport. The 3GPP profile of
SIP defining the usage of SIP withinthe IM CN subsystem is specified in 3GPP TS 24.229 [9]. Example callflows are
provided in 3GPP TS 24.228 [8].

6 Interworking with CS networks

6.1 Interworking reference model

Figure 1 details the reference model required to support interworking between the 3GPP IM CN subsystem and CS
networks for IM basic voice calls.
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BGCF |.... Mj
| .......... BICC/ISUP over
...... SCTP/IP
CSCE |-sereremnsand I MGCE |seeermmsssrrrmmsssernmnsanes SGW
Mg - . i
i e  BICC/ISUP
Mn BICC»nyr SCTP/IP : over MTP
CS channels
Mb .g. PCM
| (Note 3) | } M- -
 (Note3), ) MGW
User Plane

"""" Control Plane

NOTE 1: The logical split of the signalling and bearer path between the CS network and the IM CN subsystem is as
shown, however the signalling and bearer may be logically directly connected to the IM-MGW.

NOTE 2: The SGW may be implemented as a stand-alone entity or it may be located in another entity either in the
CS network or the IM-MGW. The implementation options are not discussed in the present document.

NOTE 3: The IM-MGW may be connected via the Mb to various network entities, such as a UE (via a GTP Tunnel to
a GGSN), an MRFP, or an application server.

NOTE 4: A SGW function is not required for certain signalling transports, where M3UA+SCTP+IP is used in CS
network and IM-MGCF.

Figure 1. IM CN subsystem to CS network logical interworking reference model

6.1.1 Interworking reference points and interfaces
The reference points and network interfaces shown in figure 1 are as described:

Protocol for Mg reference point: The single call control protocol applied across the Mg reference point (i.e. between
CSCF and MGCEF) will be based on the 3GPP profile of SIP as defined in accordance with 3GPP TS 24.229 [9].

Protocol for Mn reference point: The Mn reference point describes the interfaces between the MGCF and IM-MGW,
and has the properties as detailed in 3GPP TS 29.332 [15].

Protocol for Mj reference point: The single call control protocol applied across the Mj reference point (i.e. between
BGCF and MGCF) will be based on the 3GPP profile of SIP as defined in accordance with 3GPP TS 24.229 [9].

Protocol for Mb reference point: The Mb reference point is defined in accordance with 3GPP TS 23.002 [10] and is
| Pv6 based.

6.1.2 Interworking functional entities

6.1.2.1 Signalling Gateway Function (SGW)

This component performs the call related signalling conversion to or from BICC/I SUP based M TP transport networks
to BICC/ISUP based SCTP/IP transport networks, and forwards the converted signalling to or from the MGCF. The
functionality within SGW shall be in accordance with 3GPP TS 23.002 [10].

6.1.2.2 Media Gateway Control Function (MGCF)

Thisisthe component within the IM CN subsystem, which controls the IM-MGW, and also performs SIP to BICC or
SIPto ISUP call related signalling interworking.

The functionality defined within MGCF shall be defined in accordance with 3GPP TS 23.002 [10].
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6.1.2.3 IP Multimedia - Media Gateway Function (IM-MGW)

Thisisthe component within the IM CN subsystem, which provides the interface between the PS domain and the CS
domain, and it shall support the functions as defined in accordance with 3GPP TS 23.002 [10].

6.2 Control plane interworking model

Within the IM CN subsystem, the 3GPP profile of SIP is used to originate and terminate IM sessions to and from the
UE.

External CS networks use BICC or ISUP to originate and terminate voice callsto and from the IM CN subsystem.

Therefore, in order to provide the required interworking to enable inter network session control, the control plane
protocols shall be interworked within the IM CN subsystem. This function is performed within the MGCF (see
subclause 6.1.2).

6.3 User plane interworking model

Within the IM CN subsystem, 1Pv6, and framing protocols such as RTP, are used to transport media packets to and
fromthe IM CN subsystem entity like UE or MRFP.

External legacy CS networks use circuit switched bearer channels like TDM circuits (e.g. 64 kbits PCM), ATM/AAL2
circuit or IP bearersto carry encoded voice frames, to and from the IM CN subsystem.

Other CN networksuse ATM/AAL 1 or AAL 2 or IP as abackbone, with different framing protocols.

Therefore, in order to provide the required interworking to enable media data exchange, the user plane protocols shall
be trandated within the IM CN subsystem. This function is performed within the IM-MGW (see subclause 6.1.2).

7 Control plane interworking

Signalling from CS networks to or from IM CN subsystem, where the associated supported signalling protocols are
SS7/IM3UA+ SCTP+IP and M3UA+SCTP+IP respectively, requires alevel of interworking between the nodes across
the Control Plane, i.e. the SS7 signalling function, SGW (if applicable), MGCF and SIP signalling function. This
interworking is required in order to provide a seamless support of a user part, i.e. SIP and BICC+STCpy, or SIP and
ISUP.

The transport of SS7 signalling protocol messages of any protocol layer that isidentified by MTP level 3, in SS7 terms,
asauser part (MTP3-user) shall be accomplished in accordance with the protocol architecture defined in the following
subclauses. For the present document these protocol layersinclude, but are not limited to, Bearer Independent Call
Control (BICC)+ST Cpyp and ISDN User Part (ISUP).

7.1 General

The following subclauses define the signalling interworking between the Bearer Independent Call Control (BICC) or
ISDN User Part (ISUP) protocols and Session Initiation Protocol (SIP) with its associated Session Description Protocol
(SDP) at aMGCF. The MGCF shall act asa Type A exchange (ITU-T Recommendation Q.764 [4]) for the purposes of
ISUP and BICC Compatibility procedures. The services that can be supported through the use of the signalling
interworking are limited to the services that are supported by BICC or ISUP and SIP based network domains.

BICC isthe call control protocol used between Nodesin a network that incorporates separate call and bearer control.
The BICC/ISUP capabilities or signalling information defined for national useis outside the scope of the present
document. It does not imply interworking for national -specific capabilitiesis not feasible.

The capabilities of SIP and SDP that are interworked with BICC or ISUP are defined in 3GPP TS 24.229 [9].

Servicesthat are common in SIP and BICC or 1SUP network domains will seamlessly interwork by using the function
of the MGCF. The MGCF will originate and/or terminate services or capabilities that do not interwork seamlessly
across domains according to the relevant protocol recommendation or specification.
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Table 1 lists the services seamlessly interworked and therefore within the scope of the present document.

Table 1: Interworking Capabilities between BICC/ISUP and SIP profile for 3GPP

Service

Speech/3.1 kHz audio

CS data Calls (optional)

En bloc address signalling

Overlap address signalling from the CS side towards the IMS

Out of band transport of DTMF tones and information. (BICC only)
Inband transport of DTMF tones and information. (BICC and ISUP)
Direct-Dialling-In (DDI)

Multiple Subscriber Number (MSN)

Calling Line Identification Presentation (CLIP)

Calling Line Identification Restriction (CLIR)

Connected line presentation (COLP)

Connected line restriction (COLR)

Carrier routeing

7.2 Interworking between CS networks supporting ISUP and
the IM CN subsystem

The control plane between CS networks supporting ISUP and the IM CN subsystem supporting SIP, where the
underlying network is SS7 and IP respectively is as shown in figure 2.

ISUP < ISUP » ISUP < SIP >
SIP SIP
MTP3 MTP3 |M3UA M3UA | TCP/ TCP/
UDP/ UDP/
MTP2 MTP2 |SCTP SCTP SCTP SCTP
_ SS7 IP P
L1 < 2 L1 IP < > IP 1P < r P
SS7 signalling Signalling gateway M edia gateway SIP signalling
function function control function function

Figure 2: Control plane interworking between CS networks supporting ISUP
and the IM CN subsystem

7.2.1 Services performed by network entities in the control plane

7.21.1 Services performed by the SS7 signalling function

The SS7 signalling function provides the capabilities to deliver or receive SS7 MTP3-User information (e.g. ISUP or
BICC+STCyyp) across the SS7 signalling network. The functional interface of the MTP, the MTP User parts and the
signalling network are as detailed in ITU-T Recommendations Q.701 to Q.709 [3].
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7.21.2 Services of the SGW
The SGW shall perform the functions as described in 3GPP TS 23.002 [10].

In order to support the seamless operation of the MTP3-User part information between networks incorporating SS7 and
IP (either IPv4, see RFC 791 [16], or IPv6, see RFC 2460 [39]), the SGW shall support the services of MTP aswell as
the services of the M3UA (see 3GPP TS 29.202 [20]) and SCTP (see RFC 2960 [18]).

7.21.3 Services of the MGCF

The session handling and session control of the MGCF shall be as detailed in 3GPP TS 24.229 [9].

The MGCF shall provide the interaction, through the use of itsinterworking function, between the SS7 MTP3-User part
information, e.g. ISUP, and SIP. The MGCF interworking function shall also provide the trandation between the SS7
MTP3-User part information and SIP, where the interworking of SIP to ISUP and BICC+STC,, are detailed below.
7.21.4 Services of the SIP signalling function

The SIP signalling functionis alogical entity that provides the capabilitiesto deliver or receive multimedia session
information across the IM CN subsystem signalling system.

7.2.2 Signalling interactions between network entities in the control plane

7221 Signalling between the SS7 signalling function and MGCF
The SGW shall enable the signalling interaction between the SS7 signalling function and the MGCF.

72211 Signalling from MGCF to SS7 signalling function

For signalling from the MGCF to the SS7 signalling function, the SGW shall terminate the SCTP and M3UA protocol
layers and deliver the MTP3-User protocol messages, e.g. | SUP messages, towards the SS7 signalling function. The
SGW transmits and receives SS7 Message Signalling Units (M SUs) to and from the SS7 signalling function over
standard SS7 network interfaces, using MTP to provide reliable transport of the messages.

7.2.2.1.2 Signalling from SS7 signalling function to MGCF

For signalling from the SS7 signalling function to the MGCF, the SGW shall terminate SS7 MTP2 and MTP3 protocol
layers and deliver MTP3-User part information messages, e.g. |SUP, towards the MGCF. In order to direct messages
received from the SS7 MTP3 network to the appropriate | P destination, e.g. MGCF, the SGW shall perform a message
distribution function using the information received from the MTP3-User message. Message distribution at the SGW
shall be performed in accordance with 3GPP TS 29.202 [20].

7.2.2.1.3 Services offered by SCTP and M3UA

The SGW internal protocol mapping and transportation between BICC or |SUP messages and | P encapsulated BICC or
I SUP messages respectively is supported by the services of the M3UA adaptation layer and the underlying SCTP layer.
The SGW shall alow for the transfer of MTP3-User signalling messages, e.g. BICC or ISUP, to and from an MGCF,
where the peer MTP3-User protocol exists.

722131 Services offered by SCTP

SCTP offers the ability to reliably transfer the SCTP User applications, e.g. M3UA, between the SCTP User application
peers. Theinitialization procedure used for an association between two SCTP end-to-end peers, and the initialization to
the SCTP User applications shall be performed as detailed in RCF 2960 [18].

7.2.2.1.3.2 Services offered by M3UA

When an association between two SCTP peers has been established, the use of M3UA shall provide the transport
service in accordance with MTP (see ITU-T Recommendations Q.701 to Q.709 [3]) to the MTP3-User, e.g. ISUP.
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7.2.2.2 Signalling between the MGCF and SIP signalling function

Signalling between the SIP signalling function and the MGCF uses the services of IP (RFC 2460 [39]), and transport
protocol such as TCP (RFC 793 [24]) or UDP (RFC 768 [17]) or SCTP (RFC 2960 [18]) (see 3GPP TS 24.229[9]), and
SIP.

The naming and addressing concepts between the MGCF and SIP signalling function shall be detailed in accordance
with 3GPP TS 23.228 [12]. The issues of general |P address management are discussed in 3GPP TS 23.221 [47].

7.2.3 SIP-ISUP protocol interworking

When a coding of a parameter value is omitted it implies that it is not affected by the interworking and the values are
assigned by normal protocol procedures.

7.2.3.1 Incoming call interworking from SIP to ISUP at I-MGCF

7.23.1.1 Sending of IAM

On reception of a SIP INVITE requesting a session, the I-M GCF shall send an IAM message. The allowed sessions are
givenin subclause 7.2.3.1.2.5.

An [-MGCEF shall support both incoming INVITE requests containing SIP preconditions and 100rel extensionsin the
SIP Supported or Require header fields, and INVITE requests not contai ning these extensions, unless the Note below

applies.

NOTE: If the|-MGCF isdeployed in an IMS network that by local configuration serves no user requiring
preconditions, the MGCF may not support incoming requests requiring preconditions.

The I-MGCF shall interwork forked INVITE requests with different request URIs.

If the SIP precondition extension is not included in the Supported or Require header field, the I-MGCF shall send an
IAM immediately after the reception of the INVITE, as shown in figure 3. The I-MGCF shall set the continuity
indicators to " Continuity check not required”.

If a Continuity Check procedure is supported in the | SUP network and SIP precondition extension are included in the
SIP Supported or Require header field, the I-MGCF shall send the IAM immediately after the reception of the INVITE,
as shown in figure 3. If the received SDP indicates that precondition is fulfilled the I-MGCF shall set the continuity
indicators to "continuity check is not required". If the received SDP indicates that precondition is not fulfilled the |-
MGCEF shall set the continuity indicators to "continuity check performed on a previous circuit”. The procedure in figure
3 applies when the value of the continuity indicator is either set to "continuity check required”, "continuity check
performed on a previous circuit" or "continuity check not required”. If the continuity indicator is set to "continuity

check required” the corresponding procedures at the Mn interface described in subclause 9.2.2.3 also apply.

-MGCF

INVITE J AM
‘ |

Figure 3: Receipt of an INVITE request (continuity procedure supported in the ISUP network)
If Continuity Check procedure is not supported in the ISUP network, and the SDP in the received INVITE request

contains preconditions not met, the I-MGCF shall delay sending the IAM until the SIP preconditions are met and set the
continuity indicatorsin the resulting |AM to " Continuity check not required”.
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I-MGCF
INVITE
>
SDP indicating
~ pre-conditions » IAM >
met

Figure 4: Receipt of an INVITE request (continuity procedure not supported in the ISUP network)

The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status
code 488 "Not Acceptable Here". If several media streams are contained in asingle INVITE request, and if the I-MGCF
does not support multimedia interworking according to Annex E, then the I-M GCF shall select one of the supported
media streams, reserve the codec(s) for that media stream, and reject the other media streams and unsel ected codecs in
the SDP answer, as detailed in IETF RFC 3264 [36]. If supported audio media stream(s) and supported non-audio
media stream(s) are contained in asingle INVITE request, an audio stream should be selected.

The I-MGCF shall include a To tag in the first backward non-100 provisional response, in order to establish an early
dialog as described in IETF RFC 3261 [19].

If an MGCF discovers an emergency call it shall, depending on national requirements, map that to appropriate
indication in ISUP.

According to IETF RFC 3261 [19] and IETF RFC 3264 [36], if an INVITE message is received without an SDP offer,
then the I-M GCF sends an SDP offer in the first reliable non-failure message.

7.2.3.1.2 Coding of the IAM

7.2.3.1.2.0 General

The following ISDN user part parameters description can be found in ITU-T Recommendation Q.763 [4].

723121 Called party number

The E.164 address encoded in the Request-URI shall be mapped to the called party number parameter of the IAM
message.
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Table 2: Coding of the called party number

INVITE—

IAM—

Request-URI

Called Party Number

E.164 address
(format +CC
NDC SN)
(e.g. as User info
portion of a SIP
URI with
user=phone, or
as tel URI)

Address Signal:

Analyse the information contained in received E.164 address.

If CC is country code of the network in which the next hop terminates, then remove "+CC"
and use the remaining digits to fill the Address signals.

If CC is not the country code of the network in which the next hop terminates, then remove
"+" and use the remaining digits to fill the Address signals.

(NOTE 2)

Odd/even indicator: set as required

Nature of address indicator:

Analyse the information contained in received E.164 address.

If CC is country code of the network in which the next hop terminates, then set Nature of
Address indicator to "National (significant) number".

If CC is not the country code of the network in which the next hop terminates, then set
Nature of Address indicator to "International number".

(NOTE 1)

Internal Network Number Indicator:
1 routing to internal network number not allowed

Numbering plan Indicator:
001 ISDN (Telephony) numbering plan (Rec. E.164)

national operator
option for service
numbers:
Non E.164
numbers
(as a local-
number with a
phone-context in
the User Info
portion in a SIP
URI with
user=phone, or
as alocal
number with a
phone-context in
a tel URI)

Address Signal:
use received non E.164 number to fill the Address signals with national
significant number.
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Odd/even indicator: set as required

Nature of address indicator:

(NOTE 3) "National (significant) number". (NOTE 1)

Internal Network Number Indicator:
1 routing to internal network number not allowed

Numbering plan Indicator:
001 ISDN (Telephony) numbering plan (Rec. E.164)

Address Signal:
Use received non E.164 number to fill the Address signals.

Odd/even indicator: set as required

Nature of address indicator:
set Nature of Address indicator to "network-specific number" or to "reserved
for national use".

(NOTE 3) Internal Network Number Indicator:

1 routing to internal network number not allowed

Numbering plan Indicator:

Based on operator policy other numbering plan indicators than "001 ISDN
(Telephony) numbering plan (Rec. E.164)" can be used e.g. depending on
phone context value.

NOTE 1: The usage of "nature of address indicator" value "unknown" is allowed but the mapping is not
specified in the present specification.

NOTE 2: If PSTN XML and ISUP Sending Terminated (ST) signal are supported as a network option, then the
PSTN XML sendingCompletelndication, if present, is mapped to the sending terminated digit
(hexadecimal digit F) in the address signals field of the Called Party Number parameter.

NOTE 3: Network-specific numbers (identified by phone context according to operator policy) should be
translated into "ISDN (Telephony) numbering plan numbers (Rec. E.164)" unless such a mapping is
not possible and local operator”s policy requires keeping them in local format.

7.2.3.1.2.2 Nature of connection indicators
bits BA Satelliteindicator
00 no satellite circuit in the connection
bits DC Continuity check indicator
00 continuity check not required) if the continuity check procedure is not supported in the succeeding

network (figure 4).
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01 continuity check required, if a continuity check shall be carried out on the succeeding circuit.
(figure 3)

10 continuity check performed on a previous circuit otherwise, if the continuity check procedureis
supported in the succeeding network, but shall not be carried out on the succeeding circuit otherwise.

(figure 3)
bit E Echo control device indicator
1 outgoing echo control device included, for speech cdls, e.g., TMR is"3.1KHz audio".
0 outgoing echo control device not included, for known data calls, e.g., TMR "64 kBit/s unrestricted"
or HLC "Facsimile Group 2/3".
7.2.3.1.2.3 Forward call indicators

bits CB End-to-end method indicator

00 no end-to-end method available (only link-by-link method availabl€)
bit D Interworking indicator

1 interworking encountered

As anetwork operator option, the value D = 0 "No interworking encountered” is used if the TMR = 64 kBit/s
unrestricted is used.

NOTE: Thisavoids sending of a progress indicator with progressinformation00000 0 1 "Call is not end-to-end
ISDN; further call progress information may be available in-band ", so the call will not be released for
that reason by an ISDN terminal.

bit E End-to-end information indicator (national use)
0 no end-to-end information available
bit F ISDN user part/BICC indicator

0 ISDN user part/BICC not used all the way

As anetwork operator option, the value F = 1 "I1SDN user part/BICC used all the way" isused if the TMR = 64 kBit/s
unrestricted is used.

NOTE: Thisavoids sending of a progress indicator with progressinformation00000 0 1 "Call is not end-to-end
ISDN; further call progress information may be available in-band ", so the call will not be released for
that reason by an ISDN terminal.

bits HG ISDN user part/BICC preference indicator
if any used supplementary service requires ISUP or BICC all the way, depending on operator policy:
00 |SDN user part/BICC preferred all the way, or
10 ISDN user part/BICC required all the way;
Otherwise:
01 ISDN user part/BICC not required all the way
bit | ISDN access indicator
0 originating access non-ISDN

As anetwork operator option, the value | = 1 "originating access ISDN" is used if the TMR = 64 kBit/s unrestricted is
used.

NOTE: Thisavoids sending of a progressindicator with progressinformation 000 01 1 "Originating accessis
non-1SDN", so the call will not be released for that reason by an ISDN terminal.
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bits KJ SCCP method indicator
00 noindication

If the PSTN XML is supported as a network option, the Forward Call indicators derived as shown in table 02a shall take
precedence.

Table 02a: Mapping of PSTN XML elements to Forward call indicators parameter

INVITE — IAM—
PSTN XML Forward call indicators parameter
PSTN XML with Progress indicator | bit D Interworking Indicator
with Progress Description value 6 0 "no interworking encountered (No. 7 signalling all the way)"

(Meaning: originating access ISDN) | bit F ISDN User Part indicator

1 "ISDN User Part used all the way"
bit I  ISDN access indicator

1 ‘originating access ISDN"

NOTE: Progress Indicator with Progress Description value "6" shall not be included in an ATP within the IAM.

7.23.1.24 Calling party's category

See ANNEX C for the normative interworking of the CPC parameter.

7.2.3.1.2.4A Originating Line Information
The ISUP Originating Line Information parameter is defined by ANSI Standard ATIS-1000113 [117], Chapter 3.

See Annex H for the normative interworking of the OLI parameter as a network option.

7.2.3.1.25 Transmission medium requirement

The I-MGCF may either transcode the selected codec(s) to the codec on the PSTN side or it may attempt to interwork
the media without transcoding. If the I-M GCF transcodes, it shall select the TMR parameter to "3.1 kHz audio”. If the |-
MGCEF does not transcode, it should map the TMR, USI and Access Transport parameters from the selected codec
according to table 2a. However, if the I-M GCF supports the PSTN XML body as a network option, and if a PSTN XML
body is received in the INVITE request and the |-M GCF sel ects media encoded in any of the formatsin table 2a (G.711,
Clearmode or t38) among the offered media, the I-M GCF shall derive these parameters from the PSTN XML body
instead, as detailed in table 2b. The I-MGCF should only apply the mapping in table 2b if the TMR and US| values
derived from the selected codec according to table 2a are equivalent with the values within the first Bearer Capability
element in the PSTN XML, and otherwise the I-M GCF should apply the mapping according to table 2a.

The support of any of the medialisted in table 2ais optional.

If no SDP is received from the remote peer (as described in subclause 7.2.3.1.1), then the TMR parameter should be set
to "3.1 kHz audio”. Transcoding shall be applied as required.
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Table 2a: Coding of TMR/USI/HLC from SDP: SIP to ISUP
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m=line b=line (NOTE 4) a=line TMR parameter USI parameter (optional) (NOTE 1) HLC IE in the
ATP parameter
(optional)
<media> |<transport> [<fmt-list> <modifier>:<bandwidth- rtpmap:<dynamic-PT> |TMR codes Information User Information [High Layer
value> <encoding name> Transfer Layer 1 Protocol |[Characteristics
<clock rate>[<encoding Capability Indicator Identification
(NOTE 5) parameters>]
audio RTP/AVP 0 N/A or AS: up to (64 kbit/s [N/A "3.1KHz audio” (NOTE 3)
+ RTP/UDP/IP overhead)
audio RTP/AVP Dynamic PT |N/A or AS: up to (64 kbit/s |rtpmap:<dynamic-PT> ["3.1KHz audio" (NOTE 3)
+ RTP/UDP/IP overhead) |PCMU/8000
audio RTP/AVP 8 N/A or AS: up to (64 kbit/s+ [N/A "3.1KHz audio” (NOTE 3)
RTP/UDP/IP overhead)
audio RTP/AVP Dynamic PT |N/A or AS: up to (64 kbit/s |rtpmap:<dynamic-PT> ["3.1KHz audio” (NOTE 3)
+ RTP/UDP/IP overhead) |PCMA/8000
audio RTP/AVP Dynamic PT |AS: (64 kbit/s+ rtpmap:<dynamic-PT> |"64 kbit/s unrestricted" "Unrestricted
RTP/UDP/IP overhead) CLEARMODE/8000 or digital
(NOTE 2) "64 kbit/s preferred"” information”
(NOTE 7) (NOTE 6)
image Udptl [73] t38 [73] N/A or AS: up to (64 kbit/s [Based on ITU-T T.38 "3.1 KHz audio” "3.1 KHz audio” "Facsimile
+ UDP/IP overhead) [72] Group 2/3"
image tcp t38 [73] N/A or AS: up to (64 kbit/s [Based on ITU-T T.38 "3.1 KHz audio" "3.1 KHz audio" "Facsimile
+ TCP/IP overhead) [72] Group 2/3"
NOTE 1: In this table the codec G.711 is used only as an example. Other codecs are possible.
NOTE 2: CLEARMODE is specified in RFC4040 [69].
NOTE 3: HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/Q.939 indicates that this would normally be
accompanied by a value of "Speech" for the Information Transfer Capability element.
NOTE 4: The MGCF should return an b:AS bandwidth modifier with a bandwidth of 64kbit/s + RTP/UDP/IP overhead in the SDP answer to request that the peer does not send
with a higher bandwidth. If the received b=line indicates a bandwidth greater than 64kbit/s + RTP/UDP/IP overhead, the MGCF should also accept the incoming call.
NOTE 5: <bandwidth value> for <modifier> of AS is in units of kbit/s.
NOTE 6: In the case where the Clearmode codec appears together with speech codecs in the same m-line, the value "Unrestricted digital inf. w/tones/ann" is applicable but is
mapped into the USI prime parameter (see subclause 7.2.3.1.2.5a).
NOTE 7: The value "64 k/bits preferred" should only be used if the Clearmode codec appears together with speech codecs in the same m-line and two PSTN XML Bearer

Capability elements appear in the initial INVITE request as described in the subclause 7.2.3.1.2.5a.
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Table 2b: Mapping of PSTN XML elements into ISUP Parameters

INVITE > IAM >
PSTN XML Value ISUP Parameter Content
HighLayerCompatibility Access Transport High layer compatibility
Parameter (NOTE 1)
LowLayerCompatibility Low layer compatibility
BearerCapability (NOTE 2) User Service Information
HighLayerCompatibility User Tele Service High layer compatibility
BearerCapability Speech TMR Speech
(InformationTransferCapability) | 3.1 kHz audio 3.1 kHz audio
(NOTE 2) Unrestricted digital 64 kbit/s unrestricted
information
Unrestricted digital 64 kbit/s unrestricted
information with
tones/announcements
NOTE 1: If two high layer compatibility information elements are received, they shall be transferred in the same order

as received in the PSTN XML body in the INVITE message.

NOTE 2: If there are two BCs present, see subclause 7.2.3.1.2.5a.
NOTE 3: The above mapping assumes that there is only a single BearerCapability present.
7.2.3.1.2.5a Transmission medium requirement prime and USI prime (optional)

The procedures to support UDI-TA Fallback mechanism described in the present subclause shall only apply if two
PSTN XML Bearer Capability elements appear within the INVITE Request and the MGCF supports the PSTN XML
body as a network option.

When all the following conditions apply:

- ThelINVITE request includes SDP with one m-line with at least two formats, and with the coding of the first two
formats appearing in table 2a;

- the TMR and US| prime values derived from the first format in the m-line according to table 2a are equivalent
with the values within the second Bearer Capability element in the PSTN XML;

- the TMR prime and USI values derived from the second format in the m-line according to table 2a are equivalent
with the values within the first Bearer Capability element in the PSTN XML ; and.

- the I-MGCF supports forwarding fallback signalling.

then the I-M GCF shall

- if TMR "64 kBit/s preferred" is supported at the succeeding trunk:

map the first XML Bearer Capability element into the "USI" within the IAM;

map the the first PSTN XML BearerCapability (InformationTransferCapability) into the "TMR prime" within
the IAM, applying the same mapping rules as specified for the mapping into the"TMR" in table 2b;

map the second XML Bearer Capability element (InformationT ransferCapability) into the USI prime within
the lAM;

set the TMR within the IAM to "64 kBit/s preferred”;
configure the IM-MGW; and

store those val ues;

- if TMR "64 kBit/s preferred” is not supported at the succeeding trunk:

apply the procedures as described within subclause 7.2.3.1.2.5, using the first Bearer Capability element in
the PSTN XMLand the second format in the m-line;

discard the second Bearer Capability element in the PSTN XML;
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- select the second format in the m-line within the SDP answer; and
- configure the IM-MGW.
Otherwise (i.e. if some Bearer Capability element in the PSTN XML did not match the SDP), the I-MGCF shall:
- discard the XML Bearer Capability elements;

- if the -MGCF received at |east two formats within the m-line, select one of those formats, exept for the
CLEARMODE codec, within the SDP answer;

- apply the mapping for the selected format according to table 2a; and

- configure the IM-MGW accordingly,
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7.2.3.1.2.6 Calling party number

The SIP"Privacy" header is defined within IETF RFC 3323 [40]. The SIP "P-Asserted-ldentity” header is defined in
IETF RFC 3325 [41].
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Table 3: Mapping of SIP From/P-Asserted-Identity/Privacy headers to CLI parameters

Has a "P- Has a "From" Calling Party Calling Party Number Generic Generic
Asserted- header field Number parameter Number Number
Identity" (NOTE 3) parameter APRI (additional parameter
header field | containing a URI | Address signals calling party APRI

(NOTE 2, that encodes an number)

NOTE 5, E.164 address address

NOTE 6) been received signals

been (NOTE 6)?

received?

No No Network option to | Network option to set Parameter not | Not
either include a APRI to "presentation included applicable
network provided restricted" or
E.164 number "presentation allowed"

(See table 4) or (NOTE 4)

omit the Address (See table 5)

signals. As a network option the

(NOTE 4) APRI "presentation
restricted by network"
(NOTE 7) can be used
instead of the APRI
"presentation restricted”

No Yes Network Option to | Network option to set Network APRI =
either include a APRI to "presentation Option to "presentation
network provided restricted" or either omit the | restricted" or
E.164 number "presentation allowed" parameter (if "presentation
(See table 4) or (NOTE 4) CgPN has allowed"
omit the Address (See table 5) been omitted) | depending on
signals. As a network option the or derive from | SIP Privacy
(NOTE 4) APRI "presentation the "From" header.

restricted by network" header (See table 6)
(NOTE 7) can be used (NOTE 1)

instead of the APRI (See table 6)

"presentation restricted"

Yes No Derived from APRI = "presentation Not included Not
P-Asserted- restricted" or applicable
Identity "presentation allowed"

(See table 5) depending on SIP
Privacy header.
(See table 5)

Yes Yes Derived from APRI = "presentation Network APRI =
P-Asserted- restricted" or Option to "presentation
Identity "presentation allowed" either omit the | restricted" or
(See table 5) depending on SIP parameter or "presentation

Privacy header. derive from the | allowed"

(See table 5) "From" header | depending on
(NOTE 1) SIP Privacy
(See table 6) header.

(see table 6)
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Has a "P- Has a "From" Calling Party Calling Party Number Generic Generic
Asserted- header field Number parameter Number Number
Identity" (NOTE 3) parameter APRI (additional parameter

header field | containing a URI | Address signals calling party APRI

(NOTE 2, that encodes an number)
NOTE 5, E.164 address address
NOTE 6) been received signals
been (NOTE 6)?
received?

NOTE 1: This mapping effectively gives the equivalent of Special Arrangement to all SIP UAC with access to the
I-MGCF.

NOTE 2: Itis possible that the P-Asserted-Identity header field includes both a tel URI and a sip or sips URI. In this
case, either the tel URI or the SIP URI with user="phone" and a specific host portion, as selected by operator
policy, may be used.

NOTE 3: The "From" header may contain an "Anonymous User Identity". An "Anonymous User Identity" includes
information that does not point to the calling party. IETF RFC 3261 recommends that the display-name
component contain "Anonymous"”. That the Anonymous User Identity will take the form defined in 3GPP TS
23.003 [74]. The Anonymous User Identity indicates that the calling party desired anonymity. The From
header may also contain an Unavailable User Identity as defined in 3GPP TS 23.003 [74], that indicates that
the calling party is unknown.

NOTE 4: A national option exists to set the APRI to "Address not available”.

NOTE 5: 3GPP TS 24.229 guarantees that the received number is an E.164 number formatted as an international
number, with a "+" sign as prefix.

NOTE 6: The E.164 numbers considered within the present document are composed by a Country Code (CC),
followed by a National Destination Code (NDC), followed by a Subscriber Number (SN). On the IMS side, the
numbers are international public telecommunication numbers ("CC"+"NDC"+"SN") and are prefixed by a "+"
sign. On the CS side, it is a network option to omit the CC.

NOTE 7: This is an ETSI specific value described within ETSI EN 300 356-1 [70].

Table 4: Setting of the network-provided BICC/ISUP calling party number parameter with a CLI

(network option)

BICC/ISUP CgPN Parameter field

Value

Screening Indicator

"network provided"

Number Incomplete Indicator

"complete”

Number Plan Indicator

ISDN/Telephony (E.164)

Address Presentation Restricted Indicator

Presentation allowed/restricted
As a network option the APRI value "presentation restricted by network"
(NOTE) can be used instead of the APRI value "presentation restricted"

Nature of Address Indicator

If next BICC/ISUP node is located in the same country set to "National
(Significant) number" else set to "International number"

Address signals

If NOA is "national (significant) number" no country code should be
included. If NOA is "international number", then the country code of the
network-provided number should be included.

NOTE :

This is an ETSI specific value described within ETSI EN 300 356-1 [70]
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Table 5: Mapping of P-Asserted-ldentity and privacy headers to the ISUP/BICC calling party number

parameter
SIP Component Value BICC/ISUP Parameter / field Value
P-Asserted-ldentity E.164 number Calling Party Number
header field (NOTE)
Number incomplete indicator "Complete"”
Numbering Plan Indicator "ISDN/Telephony (E.164)"
Nature of Address Indicator If CC encoded in the URI
is equal to the CC of the
country where MGCF is
located AND the next
BICC/ISUP node is located
in the same country then
set to "national (significant)
number"
else set to "international
number"
Address Presentation Restricted | Depends on priv-value in
Indicator (APRI) Privacy header.
Screening indicator Network Provided
Addr-spec "CC" "NDC" "SN" from | Address signal if NOA is "national
the URI (significant) number" then
set to
"NDC" + "SN"
If NOA is "international
number"
Then set to
"CC"+"NDC"+"SN"
Privacy header field is APRI Presentation allowed
not present
Privacy header field priv-value APRI "Address Presentation
Restricted Indicator"
priv-value "header" APRI Presentation restricted
"user" APRI Presentation allowed
"none" APRI Presentation allowed
"id" APRI Presentation restricted
NOTE: It is possible that a P-Asserted —Identity header field includes both a TEL URI and a SIP or SIPS URI.
In this case, either the TEL URI or the SIP URI with user="phone" and a specific host portion, as
selected by operator policy, may be used.
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7.2.3.1.2.7 Generic number

Table 6: Mapping of SIP From header field to BICC/ISUP generic number (additional calling party
number) parameter (network option)

SIP component Value BICC/ISUP parameter / field Value
From header field | name-addr or addr-spec | Generic Number "Additional Calling Party
Number Qualifier Indicator number"
from-spec (name-addr / addr-spec)
Nature of Address Indicator If CC encoded in the URI is

equal to the CC of the country
where MGCEF is located AND the
next BICC/ISUP node is located
in the same country then

Set to "national (significant)

number"
Else set to "international
number"
Number incomplete indicator "Complete”
Numbering Plan Indicator "ISDN/Telephony (E.164)"
APRI If Calling Party Number APRI =

"presentation restricted by
network" (NOTE) then set GN
APRI to "presentation allowed".
Otherwise, use the same APRI
setting as for Calling Party
Number (see table 5).

Screening indicator "user provided not verified"
Addr-spec "CC" "NDC" + "SN" from | Address signal if NOA is "national (significant)
the URI number" then set to
"NDC" + "SN"

If NOA is "international number"
Then set to "CC"+"NDC"+"SN"

Privacy header APRI Presentation allowed

field is not present

Privacy header priv-value APRI "Address Presentation

field Restricted Indicator"

priv-value "header" APRI Presentation allowed
"user" APRI Presentation restricted
"none" APRI Presentation allowed
"id" APRI Presentation allowed

NOTE : This an ETSI specific value described within ETSI EN 300 356-1 [70]

7.2.3.1.2.8 User service information

For coding of the US| see 7.2.3.1.2.5.

7.2.3.1.2.9 Hop Counter (National option)

The I-MGCF shall perform the following interworking procedure if the Hop Counter procedure is supported in the CS
network.

At the I-M GCF the Max-Forwards SIP header shall be used to derive the Hop Counter parameter if applicable. Dueto
the different default val ues (that are based on network demands/provisions) of the SIP Max-Forwards header and the
Hop Counter, afactor shall be used to adapt the Max Forwards to the Hop Counter at the I-MGCF. For example, the
following guidelines could be applied:

1) Max-Forwards for a given message should be monotone decreasing with each successive visit to a SIP entity,
regardless of intervening interworking, and similarly for Hop Counter.

2) Theinitial and successively mapped values of Max-Forwards should be large enough to accommodate the
maximum number of hops that may be expected of avalidly routed call.
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Table 7 shows the principle of the mapping:

Table 7: Max forwards -- hop counter

Max-Forwards | =X | Hop Counter | = INTEGER part of (X /Factor) =Y
NOTE:  The Mapping of value X to Y should be done with the used (implemented) adaptation mechanism.

The Principle of adoption could be implemented on a basis of the network provision, trust domain rules and bilateral
agreement.

7.2.3.1.2.10 Progress Indicator
If the I-M GCF supports the PSTN XML body as a network option and an INVITE containing a PSTN XML body is

received, an available "Progressindicator” element in the PSTN XML body shall be mapped into a Progress Indicator in
the Access Transport Parameter of the sent IAM as shown intable 7.2.3.1.2.10.1.

Table 7.2.3.1.2.10.1: Contents of the Access Transport Parameter

INVITE —» IAM—
PSTN XML Access Transport Parameter
Progress indicator Progress indicator (NOTE)

NOTE: A Progressindicator with Progress Description value 6 shall not be included into the ISUP ATP, and is
mapped instead to Forward call indicators parameter according to table 02a.

7.2.3.1.2.11 Location Number
Location Number is defined in section 3.30 of ITU-T Q.763 [4].

If the received INVITE message contains a P-Access-Network-Info header and the P-Access-Network-Info header
contains an access-type with the value "GSTN" and a gstn-location parameter, the I-M GCF shall include an ISUP
Location Number parameter in the outgoing |AM.

Table 7.2.3.1.2.11.1: Contents of the location number parameter

INVITE —» IAM—
Location Number parameter
P-Access-Network-Info with access-type="GSTN" and Binary value derived from the gstn-location parameter of
gstn-location parameter the P-Access-Network-Info

NOTE: The binary value shall be obtained by removing the quotes and converting each pair of consecutive
character strings into an octet that has the equivalent hexadecimal representation
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Table 7.2.3.1.2.11.2: Mapping of P-Access-Network-Info to Location Number

INVITE> IAM—
P-Access-Network-Info Location Number
access type="GSTN" Address Signal:
gstn-location=value Copied from octet 3 to n of the binary representation of the gstn-location field

Odd/even indicator:
Copied from bit 8 octet 1 of the the binary representation of the gstn-location field

Nature of address indicator:
Copied from bit 7 to 1 of octet 1 of the the binary representation of the gstn-
location field

Internal Network Number Indicator:
Copied from bit 8 of octet 2 of the the binary representation of the gstn-location
field

Numbering plan Indicator:
Copied from bit 7 to 5 of octet 2 of the the binary representation of the gstn-
location field

Address presentation restricted indicator:

If the SIP Privacy header field = header, APRI is set to "01 (presentation
restricted)" otherwise APRI is copied from bit 4 and 3 of octet 2 of the binary
representation of the gstn-location field

Screening indicator:

If the np parmater is present in the P-Access-Network-Info header field, set to "11
(network provided)" otherwise set from bit 2 and 1 of octet 2 of the binary
representation of the gstn-location field

7.2.3.1.2A Coding of the IAM when Number Portability is supported

This subclause describes optional coding procedures when Number Portability is supported.

7.2.3.1.2A1 Coding of the IAM when a Number Portability Routing Number is available

ITU-T Q.769.1 [92] describes three possible addressing methods for signalling of the Called Party E.164 address and
Number Portability Routing Number (ITU-T Q.769.1 [92] uses the terms directory number and network routing number
respectively). The choice of these methods is based on network operator and national requirements.

The following subclauses describe how the IAM is populated, based on these methods, when a Number Portability
Routing Number is available in the Request URI in the form of a Tel URI "rn=" parameter.

When the optional Number Portability Routing Number is available and supported, these procedures take precedence
over procedures for coding of the Called Party Number described in subclause 7.2.3.1.2.1.

If the Number Portability Database Dip Indicator is present within the Request-URI the procedures described in
subclause 7.2.3.1.2A.2 apply. When a Number Portability Routing Number is not available, the Called Party Number
parameter is populated as described in subclause 7.2.3.1.2.1.
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Table 7a.0a: Coding of the called party number and called directory number with Number Portability

Separate Directory Number Addressing Method

INVITE—>

IAM—

Request-URI

Called Party Number

Called Directory Number

Called Party E.164 address
(format +CC NDC SN)

(e.g. as User info in SIP URI
with user=phone, or as tel
URL) plus Number Portability
Routing Number (format +CC
NDC SN) (e.g. as Tel URI rn=
parameter) plus Number
Portability Database Dip
Indicator as defined in IETF
RFC 4694 [93] (e.g. as Tel URI
npdi parameter)

Address Signal:

Analyse the information contained in received
Number Portability Routing Number. If the
Number Portability Routing number contains
an E.164 address, then remove "+CC" and use
the remaining digits to fill the Address signal.
Otherwise, use the digits of the Number
Portability Routing number to fill the Address
signal.

(NOTE)

Address Signal:

Remove "+CC" from the Called
Party E.164 address and use the
remaining digits to fill the Address
signals.

Odd/even indicator: set as required

Odd/even indicator: set as
required

Nature of address indicator:

Set Nature of Address indicator to "Network
routing number in national (significant) number
fornat". "National (significant) number" and
"Network routing number in network specific
number format" may alternately be chosen as
described in ITU-T Q.769.1 [92]

Nature of address indicator:
Set Nature of Address indicator to
"National (significant) number".

Internal Network Number Indicator:
1 routing to internal network number not
allowed

Internal Network Number
Indicator:

1 routing to internal network
number not allowed

Numbering plan Indicator:
001 ISDN (Telephony) numbering plan (Rec.
E.164)

Numbering plan Indicator:
001 ISDN (Telephony) numbering
plan (Rec. E.164)

NOTE:

If PSTN XML and ISUP Sending Terminated (ST) signal are supported as a network option, then the PSTN
XML sendingCompletelndication, if present, is mapped to the sending terminated digit (hexadecimal digit F)
in the address signals field of the Called Party Number parameter.
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7.2.3.1.2A.1.2 Concatenated Addressing Method
Table 7a.0b: Coding of the called party number with Number Portability Concatenated Addressing
Method
INVITE—> IAM—
Request-URI Called Party Number

Called Party E.164 address
(format +CC NDC SN)

(e.g. as User info in SIP URI with user=phone,

or as tel URL) plus

Address Signal:

Analyse the information contained in received Number Portability
Routing Number. If the Number Portability Routing number contains
an E.164 address, then remove "+CC" and use the remaining digits

Number Portability Routing Number (format
+CC NDC SN) (e.g. as Tel URI rn= parameter)
plus

Number Portability Database Dip Indicator as
defined in IETF RFC 4694 [93] (e.g. as Tel URI
npdi parameter)

to fill the Address signal. Otherwise, use the digits of the Number
Portability Routing number to fill the Address signal.

Remove the "+CC" from the Called Party E.164 address_and
append the remaining digits to the Address signal.

(NOTE)

Odd/even indicator: set as required

Nature of address indicator:

set Nature of Address indicator to "Network routing number
concatenated with called directory number" or "National (significant)
number" as described in ITU-T Q.769.1 [92]

Internal Network Number Indicator:

1 routing to internal network number not allowed
Numbering plan Indicator:

001 ISDN (Telephony) numbering plan (Rec. E.164)

NOTE: If PSTN XML and ISUP Sending Terminated (ST) signal are supported as a network option, then the PSTN
XML sendingCompletelndication, if present, is mapped to the sending terminated digit (hexadecimal digit F)
in the address signals field of the Called Party Number parameter.

7.2.3.1.2A.1.3 Separate Network Routing Number Addressing Method

Table 7a.0c: Coding of the network routing number and called party number with Number Portability
Separate Network Routing Number Addressing Method

INVITE— IAM—
Reguest-URI Network Routing Number Called Party Number
Called Party Address Signal: Address Signal:

E.164 address
(format +CC NDC
SN)

(e.g. as User info
in SIP URI with
user=phone, or as
tel URL) plus
Number Portability
Routing Number
(format +CC NDC
SN) (e.g. as Tel
URI =
parameter) plus
Number Portability
Database Dip
Indicator as
defined in IETF
RFC 4694 [93]
(e.g. as Tel URI
npdi parameter)

Analyse the information contained in received Number Portability
Routing Number. If the Number Portability Routing number
contains an E.164 address, then remove "+CC" and use the
remaining digits to fill the Address signal. Otherwise, use the
digits of the Number Portability Routing number to fill the
Address signal.

Remove "+CC" from the
Called Party E.164 address
and use the remaining digits
to fill the Address signals.
(NOTE)

Odd/even indicator: set as required

Odd/even indicator: set as
required

Nature of address indicator:

Set Nature of Address indicator to "Network routing number in
national (significant) number format".

"Network routing number in network specific number format"
may alternately be chosen as described in ITU-T Q.769.1 [92]

Nature of address indicator:
Set Nature of Address
indicator to "National
(significant) number".

Numbering plan Indicator:
001 ISDN (Telephony) numbering plan (Rec. E.164)

Internal Network Number
Indicator:

1 routing to internal
network number not allowed

Numbering plan Indicator:
001 ISDN (Telephony)
numbering plan (Rec. E.164)

NOTE:

If PSTN XML and ISUP Sending Terminated (ST) signal are supported as a network option, then the PSTN

XML sendingCompletelndication, if present, is mapped to the sending terminated digit (hexadecimal digit F)
in the address signals field of the Called Party Number parameter.
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7.2.3.1.2A.2 Number Portability Forward Information

Network Operator or National policy may allow forward transfer of number portability status information, as described
inITU-T Q.769.1[92]. In this case, the following coding applies.

Table 7a.0d: Coding of the number portability forward information

INVITE> IAM—
Request-URI Number Portability Forward Information
Called Party E.164 address If the Number Portability Database Dip Indicator is present,
(format +CC NDC SN) and there is no Number Portability Routing Number, set to

(e.g. as User info in SIP URI with user=phone, or as | "number portability query done for called number, non-ported
tel URL) plus Number Portability Routing Number called subscriber".
(format +CC NDC SN) (e.g. as Tel URI rn=

parameter) plus Number Portability Database Dip If the Number Portability Database Dip Indicator is present,
Indicator as defined in IETF RFC 4694 [93] (e.g. as | and a Number Portability Routing Number is present, set to
Tel URI npdi parameter) "number portability query done for called number, ported

called subscriber".

If there is no Number Portability Database Dip Indicator, set
to "number portability guery not done for called number"

7.2.3.1.2B Coding of the IAM for Carrier Routeing

This subclause describes optional coding procedures for carrier-based routeing. The interworking of the CIC parameter
is defined.

7.2.3.1.2B.1 Coding of the IAM when a Carrier Identification Code (CIC) is present
The procedures followed in subclause 7.2.3.1.2.1 apply with the following addition.

Based on network configuration, if the tel-URI parameter in atel-URI or the userinfo part of a SIP URI with
user=phone in the Request-URI of aninitial INVITE request, contains a"cic=" parameter, as defined in IETF RFC
4694 [93], the I-M GCF may extract the carrier identification code from the "cic=" field for routeing the call. If the
outgoing lAM message contains the Transit Network Selection (TNS) parameter, as defined in ITU-T Q.763 [4], based
on network configuration the TNS may be populated using the carrier identification code from the "cic=" field. The
format of the "cic" parameter (e.g. global-cic and local-cic) shall be compliant to IETF RFC 4694 [93].

7.2.3.1.2B.2 Void

7.2.3.1.3 Sending of COT
SDP indicating I-MGCF
preconditionsmet and/or
active media

COoT

v

Figure 5: Sending of COT

If the IAM has already been sent, the Continuity message shall be sent indicating " continuity check successful™, when
all of the following conditions have been met:

- Therequested remote preconditions (if any) in the IMS network have been met.

- The media stream previoudly set to inactive mode is set to active (as specified in IETF RFC 4566 [56]).
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- Local preconditions have been fulfilled.

- A possible outstanding continuity check procedure is successfully performed on the outgoing circuit.
7.2.3.1.3A Sending of SAM

7.2.3.1.3A.1 General

The procedures in the present subclause are only applicable it the I-M GCF supports the network option of overlap
signalling, using either the in-dialog method or the multiple INVITEs method. Within one IMS only a single of those
methods shall be used.

After the ISUP IAM message has been sent the I-M GCF can receive additional digits. The additional digits may either,
as anetwork option, be received in in-dialog SIP INFO requests (in-dialog method) as specified in subclause
7.2.3.1.3A.2 or in additional SIP INVITE requests (multiple INVITEs method) as specified in 7.2.3.1.3A.3.

I-MGCF

SIP message
carying
additiond digits

—>

Figure 5a: Sending of SAM

7.2.3.1.3A.2 Additional digits received in in-dialog SIP INFO requests

If interworking of overlap signalling using the in-dialog method is supported by the I-MGCF, the ISUP IAM message
has already been sent, but no ISUP ACM or REL message has been received, and a SIP INFO request carrying
additional digitsis received, then the I-M GCF shall generate a SAM and pass it to outgoing BICC/I SUP procedures.
The SAM shall contain in its Subseguent Number parameter only the additional digitsreceived in this SIP INFO
request.

7.2.3.1.3A.3 Additional digits received in SIP INVITE requests

If interworking of overlap signalling using the multiple INVITES method is supported by the I-MGCEF, the ISUP IAM
message has already been sent, but no ISUP ACM or REL message has been received, and the I-M GCF receives an
INVITE with the same Call-1D and From tag as a previous INVITE which was associated with a BICC/ISUP call/bearer
control instance currently existing on the BICC/ISUP side, then:

a) If the number of digitsin the Request-URI is greater than the number of digits already received for the
communication, the I-M GCF shall generate a SAM and pass it to outgoing BICC/I SUP procedures. The SAM
shall contain in its Subsequent Number parameter only the additional digits received in this Request-URI
compared with the digits already received for the communication. The I-MGCF shall reply to any earlier
INVITE with a 484 Address Incomplete response if this has not already been done.

b) If the number of digitsin the Request-URI isequal or less than the number of digits already received for the
communication, then the I-M GCF shall immediately send a 484 Address Incomplete response for thisINVITE.
In this case, no SAM shall be sent to BICC/I SUP procedures.
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I-MGCF

— 1. INVITE (1)—»

2. IAM——»
— 3. INVITE (2)—»

4. SAM——»
<—5.484 (1) ——
——6. INVITE (3)—»

7. SAM——»
< 8.484 (2

-« 9.ACM

<—10.180 (3)—

Figure 5b: Receipt of subsequent INVITE for multiple INVITEs method overlap signalling

On sending of a 484 Address Incomplete message for an INVITE transaction, the I-M GCF considers any offer/answer
exchange initiated by the INVITE to be terminated. The new INVITE initiates a new offer/answer exchange. However,
if resources have aready been reserved and they can be reused within the new offer/answer exchange, the precondition
signalling shall reflect the current status of the affected preconditions.

7.23.1.4 Sending of 180 ringing

7.2.3.1.4.0 General
The I-MGCF shall send the SIP 180 Ringing when receiving any of the following messages:

- ACM with Called party's status indicator set to subscriber free.

I-MGCF
. ACM
180 Ringing (Subscriber Free)
P-Early-Media (1) |¢
€mmmm e = _Ringtone _____

NOTE: The P-Early-Media header field is a included if the received INVITE contains a P-Early-Media header field
with the "supported" parameter as described in IETF RFC 5009 [89].
Figure 6: The receipt of ACM

- CPG with Event indicator set to alerting
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I-MGCF

180 Ringing CPG (Alerting)
P-Early-Media (1)

A

NOTE: The P-Early-Media header field is a included if the received INVITE contains a P-Early-Media header field
with the "supported" parameter as described in IETF RFC 5009 [89].
Figure 7: Receipt of CPG (Alerting)

For a speech cdl, if the INVITE request includes the P-Early-Media header field, the I-M GCF shall include in the SIP
180 Ringing response a P-Early-Media header field authorizing early media, except when

- thel-MGCF has already sent areliable provisional response (see IETF RFC 3262 [54]) including a P-Early-
Media header, as defined in IETF RFC 5009 [89], and

- the most recently sent P-Early-Media header field authorized early media.

NOTE: If the -MGCF signals the P-Early-Media header field authorizing early media, then the IMS can expect
tones or announcements to the calling party to flow from the CS network viaan MGW controlled by the
I-MGCF. In particular, once the I-M GCF sends the 180 Ringing response, ringback is expected in media
from the CS network.

As anetwork option, an I-MGCF may generate a Call-Info header field, or an Alert-Info header field according to rules
and procedures of IETF RFC 3261 [19] to provide mediainstead of the in-band media received from the PSTN.

7.2.3.1.4.0a PSTN XML body
The proceduresin the present subclause apply only if the I-M GCF supports the PSTN XML body as a network option.

The I-MGCF shall map the Access Transport parameter received in the CPG or ACM into PSTN XML elements as
shown in table 7a.0f and include this PSTN XML body in the 180 Ringing.

Table 7a.0f;: Mapping of ATP ISUP Parameter into PSTN XML elements

<18x <CPG or ACM

PSTN XML ISUP Parameter Content

Progressindicator Access Transport Parameter Progress indicator
HighLayerCompatibility (NOTE 2) High layer compatibility
LowLayerCompatibility (NOTE 2) Low layer compatibility
Bearer Capability (NOTE 1, NOTE 2) Bearer Capability
BearerCapability (NOTE 1, NOTE 2) | Transmission medium used

parameter (NOTE 1)

NOTE 1: see subclause 7.2.3.1.4.1 Transmission Medium Used parameter (TMU)

NOTE 2: The I-MGCF shall only provide this IE if it interworks media encoded in any of the formats in table 2a
(G.711, Clearmode, or t38) without transcoding. If both TMU and a BC in the ATP have been received, the
BC in the ATP shall be mapped.

The I-MGCF shall map a possibly available "Progress indicator" element in the ATP parameter within the ACM or
CPG into a Progress Indicator in the PSTN XML body of the 180 Ringing. In addition, the I-M GCF shall map the
Backward call indicators parameter and the Optional backward call indicators parameter (if present) within the ACM or
CPG into other Progresslndicator(s) in the PSTN XML body of the 180 Ringing as shown in table 7a.0g.

NOTE: The order of Progresslndicators within the same PSTN XML body isirrelevant.
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Table 7a.0g: Mapping of ISUP BCI and optional BCl parameters into PSTN XML Progressindicator

« 180 Ringing «<—ACM or CPG
PSTN XML body with Progressindicator with "Progress Backward call indicators parameter
Description" value No (Value of PI) (NOTE) Optional backward call indicators parameter
No. 1 Backward call indicators parameter
("Call is not end-to-end ISDN: further call progress ISDN User Part indicator
information may be available in-band") 0 "ISDN User Part not used all the way"
No. 2 Backward call indicators parameter
("Destination address is non-ISDN") ISDN User Part indicator

1 "ISDN User Part used all the way"
ISDN access indicator

0 "Terminating access non-ISDN"
No. 7 Backward call indicators parameter
("Terminating access ISDN") ISDN User Part indicator

1 "ISDN User Part used all the way"
ISDN access indicator

1 "Terminating access ISDN"

No. 8 Optional backward call indicators parameter
("In-band information or an appropriate pattern is now In-band information indicator
available™) "in-band information or an appropriate pattern is

now available"

NOTE:  The Progressindicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The
default value for the Progress Indicator "Location" parameter is "0011 (Transit Network)".

7.2.3.1.4.0b Fallback by I-MGCF

If the I-M GCF supports the PSTN XML body as a network option and the I-M GCF received two PSTN XML Bearer
Capability elements within the INVITE Request, but the succeeding trunk does not support TMR "64 kBit/s preferred"”
(as described in subclause 7.2.3.1.2.53), and if no corresponding elements were received in the Access Transport
Parameter (see table 7a.0f), then the I-M GCF shall create a PSTN XML body containing the following elements, and
includeit in the 18x Response :

- aBearerCapability element, which shall becopied from the first BearerCapability element received in the PSTN
XML inthe INVITE;

- if two HighLayerCompatibility elements were present in the PSTN XML body in the INVITE, then a
HighL ayerCompatibility element, which shall be copied from the first HighL ayerCompatibility element received
inthe PSTN XML inthe INVITE; and

- aProgresslndicator element with "Progress Description” value 5 ("Interworking has occurred and has resulted in
atelecommunication service change")," Coding Standard" value "00 (ITU-T standardized coding)", and default
value "0011 (Transit Network)" for the "Location" parameter.

723141 Fallback in a succeeding network: Transmission Medium Used parameter (TMU)
received

The procedures in the present subclause apply only if the I-MGCF supports the PSTN XML body as a network option
and receives a Transmission Medium Used parameter (TMU).

NOTE: Thel-MGCF will only receive a TMU parameter if it has applied the Fallback related proceduresin
subclause 7.2.3.1.2.5a, including both a TMR and TMR Prime in the IAM, and fallback to the bearer
capability identified in TMR Prime and USI occurred in a succeeding network.

If the I-M GCF receives a Transmission Medium Used parameter (TMU) , the I-MGCF shall:

- IfanBCisnot availablein the ATP in the Address Complete Message (ACM) or Call Progress Message (CPG),
map the TMU value (Speech or 3.1 kHz audio) to the PSTN XML BearerCapability;

- IfanBCisavailableinthe ATP in the Address Complete Message (ACM) or Call Progress Message (CPG),
include the received BC value in the PSTN XML BearerCapahility;

- configure the IM-MGW to use the second format in the m-line in the SDP that has been received inthe INVITE
as codec at the IM S termination; and
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- send SDP selecting the second format in the m-line of the SDP that has been received in the INVITE as soon as
alowed according to SIP rules.

Table 7.2.3.1.4.1.1: Sending of BC fallback indication

< 180 Ringing or 183 Session Progress «—ACM/CPG
PSTN XML BearerCapability = "Speech" T™MU "Speech”
ATP No BC
PSTN XML BearerCapability = "3.1 kHz audio” T™MU "3.1 kHz audio”
ATP No BC
PSTN XML BearerCapability received in the ATP T™MU "Speech" or "3.1 kHz audio”
("speech" or "3.1 kHz audio") ATP BC ("speech" or "3.1 kHz audio")
7.2.3.1.4A Sending of 183 Session Progress for early media scenarios

If SIP preconditions are used, the first 183 Session Progress will be sent after the reception of the INVITE request,
before any | SUP message has been received from the CS network. The I-M GCF shall not include the P-Early-Media
header field in any SIP message before it receives an ISUP ACM.

For a speech call upon receipt of one of the following messages and if the I-MGCF has received the P-Early-Media
header field in the INVITE request, and has not already sent a provisional response including a P-Early-Media header
field with parameters indicating authorization of early media, then the I-M GCF shall send the 183 Session Progress
response with a P-Early-Media header field authorizing early media:

- ACM with the value of the called party"s status indicator "no indication” and one of the options described in
table 7.2.3.1.4A.1. If the I-M GCF supports the PSTN XML body as a network option, the I-MGCF shall map
parameters within the ACM into the PSTN XML body within the 183 asindicated in table 7.2.3.1.4A.1. Based
on local configuration, the I-M GCF may also send a 183 Session Progress response with a P-Early-Media header
field authorizing early mediaif it receives an ACM with other parameters than described in table 7.2.3.1.4A.1.

I-MGCF

ACM
183 ProgreS§ (No indication)
P-Early-Media

<
P Uy = S e =R A 53 2

Figure 7c: Receipt of ACM "No indication"
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Table 7.2.3.1.4A.1: ACM Parameters that trigger the 183 Session Progress response

<183 Session Progress

«—ACM

P-Early-Media header field authorizing early media, if not
already sent

PSTN XML with Progressindicator with "Progress
Description" value No. 8

("In-band information or appropriate pattern is now
available™) (NOTE)

Optional backward call indicators parameter

In-band information indicator
1 "In-band info or an appropriate pattern is now
available"

PSTN XML with Progressindicator with "Progress
Description” value No. 1

("Call is not end-to-end ISDN: further call progress
information may be available in-band") (NOTE)

Backward call indicators parameter

ISDN User Part indicator
0 "ISDN User Part not used all the way"

PSTN XML with Progressindicator with "Progress
Description” value No. 2 ("Destination address is non-
ISDN") (NOTE)

Backward call indicators parameter

ISDN User Part indicator
0 "ISDN User Part used all the way"

ISDN access indicator
0 "Terminating access non-ISDN"

PSTN XML with Progressindicator with "Progress
Description" value No. 7
("Terminating access ISDN") (NOTE)

Backward call indicators parameter
ISDN User Part indicator
1 "ISDN User Part used all the way"

ISDN access indicator

1 "Terminating access ISDN"

NOTE:

The Progressindicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The
default value for the Progressindicator "Location" parameter is "0011 (Transit Network)".

NOTE 1: Asanetwork option the I-MGCF can al'so map ACM into 183 in other cases than those described in table

7.2.3.1.4A.1.

- CPG message, when:

1. Eventindicator is set to "in-band information or an appropriate pattern is now available”, or

2. Eventindicator is set to "Progress' and one of the options described in table 7.2.3.1.4A.2.

I-MGCF
183 P CPG
rogresg (inrband information available)
P-Early-Media <
<
€ —————mmm e | ___ahpropriate announcment _ _ _

Figure 7d: Receipt of CPG (in-band information available)
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Table 7.2.3.1.4A.2: CPG Parameters that trigger the 183 Session Progress response

<183 Session Progress «—CPG
P-Early-Media header field authorizing early media, | Event indicator
if not already sent 000 0010 (progress)
PSTN XML with Progressindicator with "Progress Optional backward call indicators parameter
Description"” value No. 8
("In-band information or appropriate pattern is now In-band information indicator
available™) (NOTE 3) 1 "In-band info or an appropriate pattern is now
available"
PSTN XML with Progressindicator with "Progress Event indicator
Description"” value No. 1 000 0010 (progress)
(Call is not end-to-end ISDN: further progress
information may be available in-band") (NOTE 3) Backward call indicators parameter

ISDN User Part indicator
0 "ISDN User Part not used all the way"

PSTN XML with Progressindicator with "Progress Backward call indicators parameter
Description"” value No. 2 ("Destination address is
non-ISDN") (NOTE 3) ISDN User Part indicator

"ISDN User Part used all the way"

ISDN access indicator
0 "Terminating access non-ISDN"

PSTN XML with Progressindicator with "Progress Backward call indicators parameter
Description" value No. 7
("Terminating access ISDN") (NOTE 3) ISDN User Part indicator

"ISDN User Part used all the way"

ISDN access indicator
1 "Terminating access ISDN"

NOTE 1: The mapping of the contents in the CPG message is only relevant if the information received in the
message is different compared to earlier received information, e.g., in the ACM message or a CPG
message received prior to this message.

NOTE 2: 183 Session Progress message including a P-Early-Media header authorizing early media may only be
sent for a speech call.

NOTE 3: The Progressindicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The
default value for the Progressindicator "Location" parameter is "0011 (Transit Network)".

NOTE 2: Asanetwork option the I-MGCF can a'so map CPG into 183 in other cases than those described in table
7.2.3.14A.1.

If the I-MGCF supports the PSTN XML body as a network option, the I-M GCF shall map the Access Transport
Parameter received in the CPG or ACM into PSTN XML elements as shown in table 7a.0f and include this PSTN XML
body in the 183 Session Progress. The I-MGCF shall include both a Progressl ndicator mapped from possibly received
Progress indicator element in the Access Transport Parameter and Progressl ndicators derived according to table
7.2.3.1.4A.1 or table 7.2.3.1.4A.2 in the PSTN XML body.

NOTE 3: The order of Progressl ndicators within the same PSTN XML body isirrelevant.

If the I-M GCF has applied UDI-TA fallback related procedures in subclause 7.2.3.1.2.5a, the I-M GCF shall also apply
the procedures in subclauses 7.2.3.1.4.0b and 7.2.3.1.4.1, including the PSTN XML body in the 183 Session Progress.

As anetwork option, an I-MGCF may generate a Call-Info header field, or an Alert-Info header field according to rules
and procedures of IETF RFC 3261 [19] to provide mediainstead of the in-band media received from the PSTN.

If the ACM or CPG contains an | SUP Cause, the MGCF may add a Reason header field containing the received Cause
Value to the SIP 183 Session Progress provisional response as a hetwork option. The mapping of the Cause Indicators
parameter to the Reason header as shown in table 9a shall be applied. IETF RFC 6432 [115] describes the use of the
Reason header field in responses. The Reason header field itself is described in IETF RFC 3326 [116].

7.2.3.1.4B Sending of 181Call is being forwarded
The I-MGCF shall send the SIP 181 Call is being forwarded when receiving any of the following messages:
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- ACM with call diversion information not indicating that presentation is not allowed and optional backward call
indicators indicate that in-band information is available.

I-MGCF

181 Cadl isbe
forwardedIS and ACM( cdl diver-

P-Ealy-Media(1) | Soninformation)

NOTE 1: The P-Early-Media header field is a included if the received INVITE contains a P-Early-Media header field
with the "supported" parameter as described in IETF RFC 5009 [89].

Figure 7c: The receipt of ACM (call diversion information)

- CPG with cdll diversion information not indicating that presentation is not allowed and optional backward call
indicators indicate that in-band information is available.

.. I-MGCF
181 Call isbeing
forwarded
P-Early-Media (1) CPG(Call diversion
information)

NOTE 1: The P-Early-Media header field is a included if the received INVITE contains a P-Early-Media header field
with the "supported" parameter as described in IETF RFC 5009 [89].

Figure 7d: Receipt of CPG (Call diversion information)

For aspeech cdl, if the INVITE request includes the P-Early-Media header field, the I-M GCF shall include in the SIP
181 Call is being forwarded response a P-Early-Media header field authorizing early media, except when

- thel-MGCF has already sent areliable provisional response including a P-Early-Media header field, as defined
in IETF RFC 5009 [89], or a 180 Ringing response; and

- the most recently sent P-Early-Media header field authorized early media.

NOTE: If the -MGCF signals the P-Early-Media header field authorizing early media, then the IMS can expect
tones or announcements to the calling party to flow from the CS network viaan MGW controlled by the
I-MGCF.

7.2.3.1.4C Sending of 183 Session Progress for overlap signalling using the in-dialog
method

If the I-M GCF supports the network option of overlap signalling using the in-dialog method, and the SIP INVITE
request contained an indication that the 100rel extension is supported or required, the I-M GCF shall send areliable 183
(Session Progress) response immediately after the reception of an INVITE request.

NOTE: If the INVITE request does not contain an indication that the 100rel extension is supported or required, it
is assumed that overlap is not used, and that no further digits will be received.

7.2.3.1.4D Sending of 183 Session Progress to carry ISUP Cause

If the -MGCF receives an ACM or CPG message containing an I1SUP Cause, and if the I-M GCF does not send any SIP
provisional response due to interworking procedures described in subclauses 7.2.3.1.4A, for the ACM or CPG message,

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 56 ETSI TS 129 163 V9.18.0 (2014-07)

the I-MGCF may send a SIP 183 Session Progress with a Reason header field containing the received Cause Vaue as a
network option. The mapping of the Cause Indicators parameter to the Reason header as shown in table 9a shall be
applied. IETF RFC 6432 [115] describes the use of the Reason header field in responses. The Reason header field itself
isdescribed in IETF RFC 3326 [116].

I-MGCF
183 Session Progress ACM or CPG
(Reason(Cause=xxx)) (Cause=xxx)

a
<

Figure 7.2.3.1.4D.1: The receipt of ACM or CPG with ISUP Cause

7.2.3.1.5 Sending of the 200 OK (INVITE)
The following cases are possible trigger conditions for sending the 200 OK (INVITE):

- Thereception of the ANM.

I-MGCF

200 0K (INVITE) ANM

<

Figure 8: Receipt of ANM

- Thereception of the CON message.

I-MGCF

200 OK (INVITE) L CON

< |
Figure 9: Receipt of CON

If the I-M GCF supports the PSTN XML body as a network option, the I-M GCF shall map the Access Transport
Parameter received in the ANM or CON into PSTN XML elements as shown in table 7.2.3.1.5.1 and include this PSTN
XML body in the 200 OK (INVITE).

On receipt of an ANM/CON message containing the ATP including the Bearer Capability set to "unrestricted digital
information with tones/announcement” without TMU parameter the 200 OK message shall contain the PSTN XML
Bearer Capability "unrestricted digital information with tones/announcement".

If the I-M GCF supportsthe PSTN XML body as a network option, the I-MGCF shall map an available BCl element in
the ANM or CON into a Progressindicator in the PSTN XML body as shown in table 7.2.3.1.5.2; the I-M GCF shall
include both a Progresslndicator mapped from possibly received Progress indicator element in the Access Transport
Parameter and Progressindicators derived according to table 7.2.3.1.5.2 in the PSTN XML.

NOTE 1. The order of Progresslndicators within the same PSTN XML body isirrelevant.
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Table 7.2.3.1.5.1: Mapping of ISUP ATP Parameter into PSTN XML elements

<200 OK

<ANM or CON

PSTN XML

ISUP Parameter

Content

Progresslindicator

HighLayerCompatibility (NOTE 2)

LowLayerCompatibility (NOTE 2)

BearerCapability (NOTE 1, NOTE 2)

Access Transport Parameter

Progress Indicator
High layer compatibility
Low layer compatibility
Bearer Capability

BearerCapability (NOTE 1, NOTE 2)

parameter (NOTE 1)

Transmission medium used

NOTE 1:
NOTE 2:

BC in the ATP shall be mapped.

see subclause 7.2.3.1.4.1 Transmission Medium Used parameter (TMU)
The I-MGCF shall only provide this IE if it interworks media encoded in any of the formats in table 2a
(G.711, Clearmode, or t38) without transcoding. If both TMU and a BC in the ATP have been received, the

Table 7.2.3.1.5.2: Mapping of ISUP BCI and optional BCI parameters into PSTN XML
Progressindicator

< 200 OK

<ANM or CON

PSTN XML body with Progressindicator with
"Progress Description” value No (Value of PI) (NOTE)

Content
Backward call indicators parameter
Optional backward call indicators parameter

No. 1
("Call is not end-to-end ISDN: further call progress
information may be available in-band")

Backward call indicators parameter
ISDN User Part indicator
0 "ISDN User Part not used all the way"

No. 2
("Destination address is non-ISDN")

Backward call indicators parameter
ISDN User Part indicator
1 "ISDN User Part used all the way"
ISDN access indicator
0 "Terminating access non-ISDN"

No. 7
("Terminating access ISDN")

Backward call indicators parameter
ISDN User Part indicator
1 "ISDN User Part used all the way"
ISDN access indicator
1 "Terminating access ISDN"

No. 8
("In-band information or an appropriate pattern is now
available™)

Optional backward call indicators parameter
In-band information indicator
1 ‘"in-band information or an appropriate
pattern is now available"

NOTE:

The Progress Indicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The
default value for the Progressindicator "Location" parameter is "0011 (Transit Network)".

If the I-MGCF supportsthe PSTN XML body and receives a Transmission Medium Used (TMU) parameter,

NOTE 2: Thel-MGCF will only receive a TMU parameter if it has applied the Fallback related proceduresin
subclause 7.2.3.1.2.5a, including both a US| and TMR Prime parameter in the IAM, and fallback to the
bearer capability identified in USI and TMR Prime occurred at the terminating side.

then the I-M GCF shall:

- ifaBCisnot availableinthe ATP inthe ANM or CON, map the TMU value (Speech or 3.1 kHz audio) to the

PSTN XML BearerCapability element;

- ifaBCisavalableinthe ATPinthe ANM or CON, include thereceived BC in the PSTN XML

BearerCapability element;

- configure the IM-MGW to use the second format in the m-line in the SDP that has been received in the INVITE

as codec at the IMS termination; and

- send SDP selecting the second format in the m-line of the SDP that has been received in the INVITE as soon as

allowed according to SIP rules.
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If the I-MGCF supports the PSTN XML body, has applied the Fallback related procedures in subclause 7.2.3.1.2.5a,
including botha TMR and TMR Primein the IAM, and did not receive TMU in the ANM, CON, or any previous | SUP
message,

NOTE 3: Fallback to the bearer capability identified in TMR did not occurre at the terminating side.

then the I-M GCF shall:

- configure the IM-MGW to use the first format in the m-line in the SDP offer that has been received in the
INVITE as codec at the IMS termination; and

- send SDP selecting the first format in the m-line in the SDP offer at the first possibility according to SIP rules.

7.2.3.1.6 Sending of the Release message (REL)
The following are possible triggers for sending the Rel ease message:

- Receipt of the BY E method

I-MGCF

BYE
> REL

‘ >

Figure 10: Receipt of the Bye method

- Receipt of the CANCEL method

I-MGCF

CANCEL

REL

Figure 11: Receipt of Cancel method

Additional triggers are contained in table 10.

7.2.3.1.7 Coding of the REL

If the Reason header field with Q.850 Cause Value isincluded in the BY E or CANCEL request, then the Cause Vaue
shall be mapped to the ISUP Cause Vaue field in the ISUP REL. The mapping of the Reason header to the Cause
Indicators parameter is shown in table 8a. Table 8 shows the coding of the Cause Vauein the REL if it is not available
from the Reason header field. In both cases, the Location Field shall be set to "network beyond interworking point”.

Table 8: Coding of REL

SIP Message 2> REL >
Request cause indicators parameter
BYE Cause value No. 16 (normal clearing)
CANCEL Cause value No. 16 (normal clearing)
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Table 8a: Mapping of SIP Reason header fields
into Cause Indicators parameter

RComponent of S_IP Component value BICC/ISUP Parameter field Value
eason header field
Protocol "Q.850" Cause Indicators parameter -
protocol-cause "cause = XX" (NOTE 1) | Cause Value "XX" (NOTE 1)
- - Location "network beyond
interworking point"

NOTE 1: "XX"is the Cause Value as defined in ITU-T Recommendation Q.850 [38].

Editor"s Note: The mapping of reason headers towards the ISDN may be misused due to possible user creation of
the reason header since thereisno screening in IMS.

If the I-M GCF supports this PSTN XML body as a network option and the I-M GCF interworks media encoded in any
of the formatsin table 2a (G.711, Clearmode or t38) without transcoding, and if aPSTN XML body is received in the
BYE or CANCEL request, the I-MGCF shall derive the Access Transport Parameter in the REL message from the
PSTN XML body as shown in table 8b.

Table 8b: Mapping of PSTN XML elements into ISUP Parameters

BYE or CANCEL > REL >
PSTN XML ISUP Parameter Content
HighLayerCompatibility Access Transport Parameter High layer compatibility
LowLayerCompatibility Low layer compatibility
7.2.3.1.8 Receipt of the Release Message

If the REL message is received and afinal response (i.e. 200 OK (INVITE)) has aready been sent, the |-MGCF shall
send aBY E message.

NOTE: According to SIP procedures, in the case that the REL message is received and afinal response (e.g. 200
OK (INVITE)) has aready been sent (but no ACK request has been received) on the incoming side of the
I-MGCF then the I-M GCF does not send a 487 Request terminated response and instead waits until the
ACK request isreceived before sending a BY E message.

If the REL message is received and the final response (i.e. 200 OK (INVITE)) has not aready been sent, the I-M GCF
shall send a Status-Code 4xx (Client Error), 5xx (Server Error) or 6xx (Global Failure) response. The Status code to be
sent is determined by examining the Cause value received in the REL message. Table 9 specifies the mapping of the
cause values, as defined in ITU-T Recommendation Q.850 [38], to SIP response status codes. Cause values not
appearing in the table shall have the same mapping as the appropriate class defaults according to ITU-T
Recommendation Q.850 [38].
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Table 9: Receipt of the Release message (REL)

<SIP Message

<« REL

Status code

Cause indicators parameter

404 Not Found

Cause value No 1 (Unallocated (unassigned) number)

604 Does not exist anywhere

Cause value No 2 (No route to specified transit network)

604 Does not exist anywhere

Cause value No 3 (No route to destination)

500 Server Internal error

Cause value No 4 (Send special information tone)

404 Not Found

Cause value No 5 (Misdialled trunk prefix)

486 Busy Here

Cause value No 17 (User busy)

480 Temporarily unavailable

Cause value No 18 (No user responding)

480 Temporarily unavailable

Cause value No 19 (No answer from user (user alerted))

480 Temporarily unavailable

Cause value No 20 (Subscriber absent)

603 Decline IF location field is set to user
ELSE 403 Forbidden

Cause value No 21 (Call rejected)

410 Gone

Cause value No 22 (Number changed)

410 Gone

Cause value No 23 (Redirection to new destination)

433 Anonymity Disallowed (NOTE 1)

Cause value No 24 (Call rejected due to ACR supplementary service)

483 Too Many Hops

Cause value No 25 (Exchange routing error)

480 Temporarily unavailable

Cause value No 26 (Non-selected user clearing)

502 Bad Gateway

Cause value No 27 (Destination out of order)

484 Address Incomplete

Cause value No 28 (Invalid number format (address incomplete))

501 (Not Implemented)

Cause value No 29 (Facility rejected)

480 Temporarily unavailable

Cause value No 31 (Normal, unspecified)
(class default) (NOTE 2)

486 Busy here if Diagnostics indicator
includes the (CCBS indicator = CCBS
possible)
else 503 Service Unavailable (NOTE 3)

Cause value No 34 (No circuit/channel available)

500 Server Internal error

Cause value No 38 (Network out of order)

503 Service Unavailable (NOTE 3)

Cause value No 41 (Temporary failure)

503 Service Unavailable (NOTE 3)

Cause value No 42 (Switching equipment congestion)

500 Server Internal error

Cause value No 43 (Access information discarded)

503 Service Unavailable (NOTE 3)

Cause value No 44 (Requested channel not available)

500 Server Internal error

Cause value No 46 (Precedence call blocked)

503 Service Unavailable (NOTE 3)

Cause value No 47 (Resource unavailable, unspecified)
(class default)

488 Not acceptable here

Cause value No 50 (Requested facility not subscribed)

603 Decline

Cause value No 55 (Incoming class barred within Closed User Group
(CUG))

603 Decline

Cause value No 57 (Bearer capability not authorised)

503 Service Unavailable (NOTE 3)

Cause value No 58 (Bearer capability not presently available)

501 (Not Implemented)

Cause value No 63 (Service option not available, unspecified)
(class default)

500 Server Internal error

Cause value No 65 (Bearer capability not implemented)

501 Not Implemented

Cause value No 69 (Requested facility not implemented)

501 Not Implemented

Cause value No 70 (Only restricted digital information capability is
available)

501 Not Implemented

Cause value No 79 (Service or option not implemented, unspecified)
(class default)

403 Forbidden

Cause value No 87 (User not member of Closed User Group (CUG))

606 Not Acceptable

Cause value No 88 (Incompatible destination)

403 Forbidden

Cause value No 90 (Non existing Closed User Group (CUG))

500 Server Internal error

Cause value No 91 (Invalid transit network selection)

513 Message too large

Cause value No 95 (Invalid message, unspecified)
(class default)

501 Not Implemented

Cause value No 97 (Message type non-existent or not implemented)

501 Not Implemented

Cause value No 98 (Message not compatible with call state or message
type non-existent or not implemented)

501 Not Implemented

Cause value No 99 (Information element/parameter non-existent or not
implemented)

504 Server timeout

Cause value No 102 (Recovery on timer expiry)

501 Not Implemented

Cause value No 103 (Parameter non-existent or not implemented,
passed on)
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«SIP Message «— REL
Status code Cause indicators parameter
Cause value No 110 (Message with unrecognised parameter,
discarded)
Cause value No 111 (Protocol error, unspecified)
(class default)
Cause value No127 (Interworking, unspecified)
(class default)

501 Not Implemented

400 Bad Request

500 Server Internal error

NOTE 1: Anonymity Disallowed, IETF RFC 5079 [77] refers
NOTE 2: Class 0 and class 1 have the same default value.
NOTE 3: No Retry-After header field shall be included.

A Reason header field containing the received (Q.850) Cause Va ue of the REL shall be added to the SIP final response
or BY E request sent as aresult of this subclause. The mapping of the Cause Indicators parameter to the Reason header
isshownin table 9a. IETF RFC 6432 [115] describes the use of the Reason header field in responses. The Reason
header field itself is described in IETF RFC 3326 [116].

Table 9a: Mapping of Cause Indicators parameter into SIP Reason header fields

Cause indicators

Value of parameter

component of SIP

parameter field field Reason header field component value
- - protocol "Q.850"
Cause Value "XX" (NOTE 1) protocol-cause "cause = XX" (NOTE 1)

reason-text

Should be filled with the
definition text as stated in
ITU-T Recommendation
Q.850 [38].

(NOTE 2)

NOTE 1: "XX"is the Cause Value as defined in ITU-T Recommendation Q.850 [38].

NOTE 2: Due to the fact that the Cause Indicators parameter does not include the definition text as defined in
table 1/Q.850 [38], this is based on provisioning in the I-MGCF.

Asanetwork option, an I-MGCF may generate an Error-Info header field according to rules and procedures of
IETF RFC 3261 [19] to provide mediainstead of the in-band media received from the PSTN.

If the I-MGCF supportsthe PSTN XML body as a network option, the I-M GCF shall map the Access Transport
Parameter received in the REL into PSTN XML elements as shown in table 9aa and include this PSTN XML body in

the SIP final response or BY E.

Table 9aa: Mapping of ISUP Parameters into PSTN XML elements

&4xx,5xx,6xx or BYE

<REL

PSTN XML

ISUP Parameter

Content

Progresslindicator

HighLayerCompatibility (NOTE)

LowLayerCompatibility (NOTE)

Access Transport Parameter

Progress indicator

High layer compatibility

Low layer compatibility

NOTE: The I-MGCF shall only provide this IE if it interworks media encoded in any of the formats in table 2a
(G.711, Clearmode, or t38) without transcoding,

7.2.3.1.9

Receipt of RSC, GRS or CGB (H/W oriented)

Upon receipt of a RSC, GRS or CGB (H/W oriented) message the following applies independently for each affected

circuit:

NOTE: For the RSC message, the circuit identified by the CIC is affected.

For the GRS message, the affected circuits are identified by the CIC and the Range subfield of the Range

and Status parameter.

For the CGB message, the affected circuits are identified by the CIC and the Range and Status parameter.

If aninitial address message has been sent for the affected circuit and after at least one backward message relating to

that call has been received then:
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- If thefina response (i.e. 200 OK (INVITE)) has already been sent, the I-M GCF shall send aBY E message.

- If thefinal response (i.e. 200 OK (INVITE)) has not already been sent, the I-M GCF shall send a SIP response
with Status-Code 480 Temporarily Unavailable.

A Reason header field containing the (Q.850) Cause Value of the REL message generated by the | SUP procedures shall
be added to the SIP message (BY E or 480 response) to be sent by the SIP side of the I-M GCF.

7.2.3.1.9a Receipt of REFER

IM CN Subsystem | CS Network

MGCF

REFER
To: B
P-Asserted ID: A—— b
Refer to: C
Method: INVITE

403 Forbidden

A

Figure 11a: Receipt of REFER method

Upon receipt of a REFER request at the MGCEF, the default behaviour of the I-M GCF isto reject the REFER request
with a 403 Forbidden response.

NOTE: Thel-MGCF may also decide for example to execute the REFER request as specified in IETF
RFC 3515 [75] as an operator option, but such handling is outside of the scope of the present document.
7.2.3.1.10 Autonomous Release at I-MGCF

Table 10 shows the trigger events at the MGCF and the release initiated by the MGCF when the call istraversing from
SIP to ISUP/BICC.

A Reason header field containing the (Q.850) Cause Vaue of the REL message sent by the I-MGCF shall be added to
the SIP Message (BY E request or final response) sent by the SIP side of the I-MGCF.

Editor's Note: It is FFS whether to indicate the cause value for internal error in the network to the user.
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Table 10: Autonomous Release at I-MGCF

< SIP Trigger event REL >
Response cause parameter
484 Address Incomplete Determination that insufficient digits received. Not sent.
480 Temporarily Unavailable Congestion at the MGCF/Call is not routable. Not sent.
BYE ISUP/BICC procedures result in release after According to ISUP/BICC
answer procedures.
BYE SIP procedures result in release after answer. | 127 (Interworking unspecified)
500 Server Internal error Call release due to the ISUP/BICC compatibility According to ISUP/BICC
procedure (NOTE) procedures.
484 Address Incomplete Call release due to expiry of T7 within the According to ISUP/BICC
ISUP/BICC procedures procedures.
480 Temporarily Unavailable Call release due to expiry of T9 within the According to BICC/ISUP
BICC/ISUP procedures procedures.
480 Temporarily Unavailable. | Other BICC/ISUP procedures result in release According to BICC/ISUP
before answer. procedures.
NOTE: MGCEF receives unrecognized ISUP or BICC signalling information and determines that the call needs
to be released based on the coding of the compatibility indicators, refer to ITU-T Recommendation
Q.764 [4] and ITU-T Q.1902.4 [30].

7.2.3.1.11 Internal through connection of the bearer path

The through connection procedure is described in subclause 9.2.2.3.5.

7.2.3.2 Outgoing Call Interworking from ISUP to SIP at O-MGCF
7.23.2.1 Sending of INVITE
7.2.3.211 General
O-MGCF
IAM
,‘ INVITE

| >
Figure 11b: Receipt of an IAM

Upon reception of an |AM message, the O-MGCF shall send a SIP INVITE request, as further detailed in the
subclauses below.

An O-MGCEF shall support both the SIP preconditions and 100 rel extensions and indicate the support of the SIP
preconditions and 100rel extensionsin the INVITE request, unless the Note below applies.

NOTE: If the O-MGCF isdeployed in an IMS network that by local configuration serves no user requiring
preconditions, it may send the INVITE request without indicating support of preconditions.

7.2.3.2.1.2 Interaction with continuity check

If the Continuity Check indicator in the Nature of Connection Indicators parameter in the incoming IAM is set to
indicate either " continuity check required on this circuit” or "continuity check performed on previous circuit”, the O-
MGCEF should defer sending the INVITE request until receiving a COT message.
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NOTE:

NOTE:

7.2.3.2.1.3

If the Continuity Check indicator in the Nature of Connection Indicators parameter in the incoming |1AM
is set to indicate either " continuity check required on this circuit” or "continuity check performed on
previous circuit” and the O-M GCF sends the INVITE request before receiving a COT message, the
following considerations apply: If the receiving terminal is not supporting the SIP precondition and the
SIP UPDATE method, clipping may occur. Furthermore, if the MGCF sets the SDP "inactive" attributein
theinitial INVITE request and the receiving terminal is not supporting the SIP precondition, the
interworking procedures within the present specification do not describe all necessary signalling
interactions required to set up a call, in particular with respect to the sending of the re-INVITE that may
also cause additional delay in the call setup. In addition, the interworking of the ringing indication might
not be possible if the peer sends the ringing indication only asresponseto are-INVITE.

O-MGCF
IAM
__...Cor >
(NOTE)
INVITE R

Waiting for the COT is recommended, if the Continuity Check indicator in the Nature of Connection
Indicators parameter in the incoming IAM is set to indicate either "continuity check required on this circuit"
or "continuity check performed on previous circuit"

Figure 12: Receipt of an IAM (Waiting for the COT message)

IAM without calling party number

If no calling party number isreceived in the incoming IAM message, as a network option, the O-MGCF may send an
INR message to request the calling party number and not send the INVITE request until receiving an INF message with
calling party number. If no calling party number is received in the INF message, O-M GCF may reject or continue the
call based on local configuration.

O-MGCF
IAM
) INR ]
INF >
INVITE >

Figure 12a: Receipt of an IAM (Request for calling party number)
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723214 Terminating overlap signalling at MGCF
O-MGCF
1AM
>
SAM
> INVITE
=

Figure 13: Receipt of an IAM (Overlap signalling in CS network)

After initiating the normal incoming BICC/ISUP call establishment procedures, determining the end of address
signalling and selecting to route the call to the IMS domain, the O-M GCF shall send the initial INVITE.

The end of address signalling shall be determined by the earlier of the following criteria:
a) by receipt of an end-of-pulsing (ST) signal; or
b) by receipt of the maximum number of digits used in the national numbering plan; or

c) by analysis of the called party number to indicate that a sufficient number of digits has been received to route the
call to the called party; or

d) by observing that timer Ti/w1 has expired after the receipt of the latest address message and the minimum
number of digits required for routing the call have been received.

If the end of the address signalling is determined in accordance with criteria a) b) or ¢), the timer Ti/w2 is started when
INVITE is sent. Also, if the PSTN XML body is supported as a network option, the O-M GCF shall insert the PSTN
XML sendingCompletel ndication.

7.2.3.2.15 Fallback (optional)

The Fallback mechanism described in the present subclause shall only apply if the O-M GCF supports the PSTN XML
body as a network option, and propagates UDI-TA fallback signalling into the IMS as a network option.

NOTE: If the Fallback related signalling is not forwarded according to the procedures in the present sublause by
the O-MGCF, the O-MGCF will apply the ISUP Fallback procedures when the |AM includesa TMR and
aTMR prime parameter and a US| and US| Prime parameter.

When the lAM includesa TMR and a TMR prime parameter and a US| and US| Prime parameter then the O-MGCF
shal:

- map the"USI Prime" into the "InformationTransferCapability" of the second BearerCapability element in the
PSTN XML body;

- include SDP with one m-line of "audio" mediatypeinthe INVITE;
- mapthe"TMR" and "USI Prime" into afirst offerered format in the SDP m-line according to table 10b;
- mapthe"USI" into the first Bearer Capability element in the PSTN XML body;

- mapthe"TMR prime" into the "InformationTransferCapability” of the first BearerCapability element in the
PSTN XML body; and

- map the TMR prime and USI into a second offerered format in the SDP m-line according to table 10b.
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7.2.3.2.1a Sending of INVITE without determining the end of address signalling

7.2.3.2.1a.1 General

As anetwork option, the O-MGCF is not required to determine the end of address signalling. In this case the O-M GCF
shall send aniinitial INVITE when a preconfigured number of digits has been reached.

When the MGCF receives ISUP SAM messages the additional digits received in the SAMs may either be sent using the
in-dialog overlap method as specified in subclause 7.2.3.2.1a.2 or using the multiple INVITES overlap method as
specified in 7.2.3.2.1a.3. It depends on the network configuration which of these methods is applied. However, within
one IMS only a single method shall be used.

7.2.3.2.1a.2 Additional digits sent with in-dialog overlap method
O-MGCF
IAM > INVITE >
404/484
SAM ’4
INVITE
>
le—18X
SAM
> INFO >
200 (INFO)

T

Figure 14: Overlap signalling using in-dialog INFOs in CS an IMS network

If the O-MGCF sends aninitial SIP INVITE request before the end of address signalling is determined, the O-M GCF
shall:

- usethe SIP precondition extension within the SIP INVITE request;

- start timer Ti/w2;

- be prepared to process SAM as described below;

- be prepared to handle incoming SIP 18x provisional responses, establishing early dialogs; and

- be prepared to handle incoming SIP 404 or 484 error responses as detailed in subclause 7.2.3.2.12.1.

NOTE: A SIPINVITE request with incomplete address information can be rejected with a SIP 404 or 484 error
response.

On receipt of a SAM from the BICC/ISUP side, unless the O-M GCF has received a SIP 180 (Ringing) response for the
call, the following O-M GCF procedures apply:

- The O-MGCF shall stop timer Ti/w3 (if it is running).

- If no response has been received for the previous INVITE request of the same call, the O-MGCF shall wait for
the response and then apply the procedures in the next bullets to transfer the digits received in the SAM. If
additional SAMs are received while the O-MGCF is waiting for the response for the previous SIP INVITE
request, the digits within shall be combined with the digits of the previous SAMs.

- If an early dialog has not been established, and a SIP 404 or 484 error response has been received for the last
previous SIP INVITE request for the same call, the O-M GCF shall send a SIP INVITE request complying to the
following:
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- The SIPINVITE request shall use the SIP preconditions extension.
- The SIPINVITE request shall include all digits received so far for this call in the Request-URI.

- The SIPINVITE request shall include the same Call-ID and From tag as the previous SIP INVITE request
for the call.

- If anearly dialog has been established, and a response has been received for any previoudly sent SIP INFO
request, the O-MGCF shall send an in-dialog SIP INFO request complying the following:

- The SIPINFO request shall only include the digits received since the previous SIP request with digits was
sent (see Note).

- If no response has been received for the previous SIP INFO request, the O-M GCF shall wait for the response and
then apply the procedures in the previous bullet to transfer digits received in the SAM. If additional SAMs are
received while the O-MGCF is waiting for the response for the previous SIP INFO request, the digits within
shall be combined with the digits of the previous SAMs.

- Restart Ti/w2.

If timer Ti/w2 has expired, or the O-MGCF has received a SIP 180 (Ringing) response for the call, the O-M GCF shall
ignore subsequent SAMs received.

NOTE: The encoding of the digits within the SIP INFO request is described in subclause 7.2.3.2.20.2.

Editor's note: It needs to be verified whether the timer procedures associated with the in-dialog method are correct.

7.2.3.2.1a.3 Additional digits sent using the multiple INVITEs overlap method
O-MGCF
IAM INVITE .
~ 404/484
SAM INVITE o
L 404/484
SAM s  INVITE .

Figure 14a: Overlap signalling using multiple INVITEs in CS an IMS network

If the O-MGCF sends an SIP INVITE request before the end of address signalling is determined, the O-M GCF shall:
- usethe SIP precondition extension within the SIP INVITE request;
- starttimer Ti/w2; and
- beprepared to process SAM as described below; and
- be prepared to handle incoming SIP 404 or 484 error responses as detailed in subclause 7.2.3.2.12.1.

NOTE: AnSIPINVITE request with incomplete address information will be rejected with a SIP 404 or 484 error
response.

On receipt of a SAM from the BICC/ISUP side, unless the O-M GCF has received a SIP 180 (Ringing) response for the
call, the O-MGCF shall:
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- stop timer Ti/w3 (if it isrunning);
- send an INVITE request complying to the following:
- The SIPINVITE request shall use the SIP preconditions extension.
- TheSIPINVITE request shal include al digits received so far for this call in the Reguest-URI.

- The SIPINVITE request shall include the same Call-1D and From tag as the previous SIP INVITE request
for the call.

- restart Ti/wz;

If timer Ti/w2 has expired, or the O-MGCF has received a SIP 180 (Ringing) response for the call, the O-M GCF shall
ignore subsequent SAMs received.

7.2.3.2.2 Coding of the INVITE

7.2.3.2.2.0 Overview

Table 10aa provides a summary of how the header fields within the outgoing INVITE message are popul ated.

Table 10aa: Interworked contents of the INVITE message

IAM— INVITE—
Called Party Number Request-URI
To
Calling Party Number P-Asserted-ldentity
Privacy
From
Generic Number ("additional calling party number") From
Privacy
Hop Counter Max-Forwards
TMR/USI Message Body (application/SDP)
Location Number P-Access-Network-Info
723221 REQUEST URI Header

The called party number parameter of the IAM message is used to derive Request URI of the INVITE Request. The
Reguest URI isatel URI or SIP URI with "user=phone" and shall contain:

- an E.164 International public telecommunication number prefixed by a"+" sign (e.g. tel:+4911231234567), or

- anon E.164 number (national operator option for service numbers), expressed as aloca humber as per IETF
RFC 3966 [97].
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Table 10a: Mapping ISUP Called Party Number to
SIP Request-URI and To header field

IAM INVITE
BICC/ISUP Value SIP component Value
Parameter / field
Called Party Number Request-URI and To display-name (optional) and addr-spec
(NOTE 3) header field derived from Called Party Number parameter
address signals
Nature of Address "national (significant) |Tel URI or SIP URI Insert "+CC" before the Address signals
Indicator (NOTE 2) number" (NOTE 1)
(NOTE 6) "international Insert "+" before the Address signals
number"
"Network-specific according to local policies should either be:
number" or - a global number (+CC), if the called party
"reserved for national number may be converted into an E.164
use" address
OR, depending on operator's requirements
may be converted into
- local number (with a phone-context
parameter) (NOTE 4) (NOTE 5)

NOTE 1: CC = Country Code of the network in which the O-MGCF is located.

NOTE 2: The usage of "Nature of address indicator" value "unknown" is allowed but the mapping is not specified in
the present specification.

NOTE 3: If the address signals received in the ISUP Called Party Number contain a sending terminated signal
(hexadecimal digit F), then this shall be discarded or if the O-MGCF supports the PSTN XML body as a
network option then the PSTN XML sendingCompletelndication shall be set.

NOTE 4: Mapping between nature of address indicator values and phone-context values is provisioned in the MGCF.
Setting of value of phone-context is depending on local operator's policies.

NOTE 5: Network-specific number or reserved for national use shall be translated into E.164 format numbers except if
local operator"s policy requires keeping in local format (e.g. for national reasons E.164 numbers cannot be
used for such purpose). In the later case the mapping shall be done as indicated in the table.

NOTE 6: The values "Network routing number in national (significant) number format", "Network routing number in
network specific number format" or "Network routing number concatenated with called directory number" are
used when number portability is supported. For the mapping see section 7.2.3.2.2A.

7.2.3.2.2.2 SDP Media Description

If the O-MGCF indicates support of the SIP preconditionsin the initial INVITE request and local preconditions have
not been met, the SDP media description shall contain precondition information as per 3GPP TS 24.229 [9]. Depending
on the coding of the continuity indicators different precondition information (IETF RFC 3312 [37]) isincluded. If the
continuity indicator indicates " continuity performed on a previous circuit” or "continuity required on this circuit”, and
the INVITE is sent before receiving a COT message (which is not recommended according to subclause 7.2.3.2.1.1),
then the O-M GCF shall indicate that the preconditions are not met. Otherwise the O-M GCF shall indicate whether the
preconditions are met, dependent on the status of the local resource reservation. If the local preconditions are not met
the O-M GCF should set the media stream to inactive mode (by including an attribute "a=inactive"). If the local
configuration indicates that O-MGCF is deployed in the IMS network that serves users supporting SIP precondition
mechanism, the attribute "a=inactive" may be omitted when the initial SDP offer indicates local preconditions are not
met. If theinitial SDP offer indicates local preconditions are fulfilled, the O-M GCF shall not set the media stream to
inactive mode.

If the O-MGCF determines that a speech call isincoming, the O-MGCF shall include the AMR codec transported
according to IETF RFC 4867 [23] with the options listed in subclause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer,
unless the Note below applies. Within the SDP offer, the O-M GCF should a so provide SDP RR and RS bandwidth
modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in subclause 7.4 of 3GPP TS 26.236 [32]. The
O-MGCF may include other codecs according to operator policy.

NOTE: If the O-MGCF isdeployed in an IMS network that by local configuration serves no user equipment that
implements the AMR codec, then the AMR codec may be excluded from the SDP offer.

To avoid transcoding or to support non-speech services, the O-M GCF may add media derived from the incoming ISUP
information according to table 10b. The support of the medialisted in table 10b is optional. If the O-M GCF supports the
PSTN XML body as a network option and adds media derived from the incoming 1SUP information according to table
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10b, the O-M GCF shall a'so map the mediarelated |SUP information into the XML body as shown in table
7232271
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Table 10b: Coding of SDP media description lines from TMR/USI: ISUP to SIP
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TMR parameter USI parameter (Optional) HLC IE in ATP m=line b=line a=line
(Optional)
TMR codes Information User Information High Layer <media> | <transport> <fmt-list> <modifier>: rtpmap:<dynamic-PT> <encoding
Transfer- Layer 1 Protocol | Characteristics <bandwidth- name>/<clock rate>[/encoding
Capability Indicator Identification value> parameters>
"speech” "Speech” "G.711 p-law” Ignore audio RTP/AVP 0 (and possibly 8) [ AS: (64 + rtpmap:0 PCMU/8000
(NOTE 1) RTP/UDP/IP (and possibly rtpmap:8 PCMA/8000)
overhead) (NOTE 1)
"speech"” "Speech" "G.711 p-law" Ignore audio RTP/AVP Dynamic PT (and | AS: (64 + rtpmap:<dynamic-PT> PCMU/8000
possibly a second | RTP/UDP/IP (and possibly rtpmap:<dynamic-PT>
Dynamic PT) overhead) PCMA/8000)
(NOTE 1) (NOTE 1)
"speech” "Speech” "G.711 A-law" Ignore audio RTP/AVP 8 AS: (64 + rtpmap:8 PCMA/8000
RTP/UDP/IP
overhead)
"speech"” "Speech" "G.711 A-law" Ignore audio RTP/AVP Dynamic PT AS:(64 + rtpmap:<dynamic-PT> PCMA/8000
RTP/UDP/IP
overhead)
"3.1 KHz audio” | USI Absent Ignore audio RTP/AVP 8 AS:(64 + rtpmap:8 PCMA/8000
RTP/UDP/IP
overhead)
"3.1 KHz audio" | "3.1 KHz audio" | "G.711 p-law" (NOTE 3) audio RTP/AVP 0 (and possibly 8) | AS:(64 + rtpmap:0 PCMU/8000
(NOTE 1) RTP/UDP/IP (and possibly rtpmap:8 PCMA/8000)
overhead) (NOTE 1)
"3.1 KHz audio” |["3.1 KHz audio" | "G.711 A-law" (NOTE 3) audio RTP/AVP 8 AS:(64 + rtpmap:8 PCMA/8000
RTP/UDP/IP
overhead)
"3.1 KHz audio" | "3.1 KHz audio" "Facsimile image Udptl [73] t38[73] AS:(64 + Based on ITU-T T.38 [72].
Group 2/3" UDP/IP
overhead)
"3.1 KHz audio” | "3.1 KHz audio” "Facsimile image tcp t38[73] AS:(64 + Based on ITU-T T.38 [72].
Group 2/3" TCP/IP
overhead)
"64 kbit/s "Speech/ N/A Ignore audio RTP/AVP Dynamic PT AS:(64 + rtpmap:<dynamic-PT>
preferred" 3.1KHz audio" RTP/UDP/IP CLEARMODE/8000
(NOTE 6) overhead) (NOTE 2)(NOTE 4)
"64 kbit/s "Unrestricted N/A Ignore audio RTP/AVP Dynamic PT AS:(64 + rtpmap:<dynamic-PT>
unrestricted” digital RTP/UDP/IP CLEARMODE/8000
information" overhead) (NOTE 2)(NOTE 5)
NOTE 1: Both PCMA and PCMU could be required.

NOTE 2:
NOTE 3:

CLEARMODE is specified in IETF RFC 4040 [69].
HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/Q.939 indicates that this would normally be

accompanied by a value of "Speech" for the Information Transfer Capability element.
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TMR parameter USI parameter (Optional) HLC IE in ATP m=line b=line a=line
(Optional)
TMR codes Information User Information High Layer <media> | <transport> <fmt-list> <modifier>: rtpmap:<dynamic-PT> <encoding
Transfer- Layer 1 Protocol | Characteristics <bandwidth- name>/<clock rate>[/encoding
Capability Indicator Identification value> parameters>

NOTE 4: After the CLEARMODE codec, additional speech codecs such as AMR and/or G.722 and/or G.711 available via transcoding or reframing should be offered in the
same m-line.
NOTE 5: As alternative or in addition to the m-line containing the CLEARMODE codec, an MGCF supporting the multimedia interworking detailed in Annex E may add an m-line
for speech codecs and an m-line for video codecs as detailed in this Annex.

NOTE 6:

In this case, the USI prime parameter will also be present and will indicate "Unrestricted Digital Information with tones/announcements”.
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Table 12: Mapping BICC/ISUP CLI parameters to SIP header fields

Has a Calling Party Calling Has a Generic Generic P-Asserted-Identity From header field Privacy header field
Number parameter Party Number (ACgPN) Number header field
with complete E.164 Number with a complete APRI
number, and with APRI E.164 number and
Screening Indicator = with Screening
UPVP or NP (NOTE 1) Indicator = UPNV
been received? been received?
N - N - Header field not included SIP or SIPS URI with addr-spec | Header field not included
of Unavailable User Identity
(NOTE 2) (NOTE 6)
N - Y (NOTE 3) "presentation | Header field not included addr-spec derived from Generic | Header field not included
allowed" Number (ACgPN) address
signals
or network provided value
(NOTE 6)
N - Y (NOTE 3) "presentation | Header field not included SIP or SIPS URI with addr-spec | Header field not included
restricted" of Unavailable User Identity
(NOTE 2) (NOTE 6)
Derived from the Generic priv-value =: "user"
Number parameter address (See table 16).
signals (see table 13) (NOTE 8)
Y "presentation | N - Derived from Calling Party | Tel URI or SIP URI derived from | Privacy header is not
allowed" Number parameter Calling Party Number parameter | included or if included, "id" is
address signals address signals (See table 15) not included (See table 16)
(See table 14)
Y "presentation | Y "presentation | Derived from Calling Party | Derived from Generic Number Privacy header is not
allowed" allowed" Number parameter (ACgPN) address signals included or if included, "id"
address signals (See table 13) and "user" are not included
(See table 14) (NOTE 6) (See table 16)
Y "presentation | Y "presentation | Derived from Calling Party | Tel URI or SIP URI derived from | Privacy header is not
allowed" restricted" Number parameter Calling Party Number parameter | included or if included, "id" is
address signals address signals (See table 15) not included
(See table 14) (NOTE 9) (See table 16)
SIP or SIPS URI with addr-spec | Privacy header is not
of Anonymuous URI (NOTE 6) included or if included, "id" is
(NOTE 7) (NOTE 10) not included
(See table 16).
Derived from the Generic priv-value =: "user".
Number parameter address "id" is not included
signals (see table 13) (NOTE 8) | (See table 16).
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Has a Calling Party Calling Has a Generic Generic P-Asserted-ldentity From header field Privacy header field
Number parameter Party Number (ACgPN) Number header field
with complete E.164 Number with a complete APRI
number, and with APRI E.164 number and
Screening Indicator = with Screening
UPVP or NP (NOTE 1) Indicator = UPNV
been received? been received?

Y "presentation | N - Derived from Calling Party | SIP or SIPS URI with addr-spec | priv-value =: "id". (See table

restricted" Number parameter of Anonymous URI (NOTE 7) 16)
address signals (NOTE 6)
(See table 14)

Y "presentation | Y "presentation | Derived from Calling Party | Derived from Generic Number priv-value =: "id".

restricted" allowed" Number parameter (ACgPN) address signals
address signals (See table 13)
(See table 14) (NOTE 6)
Y "presentation | Y "presentation | Derived from Calling Party | SIP or SIPS URI with addr-spec | priv-value =: "id".
restricted" restricted" Number parameter of Anonymous URI (NOTE 7)
address signals (NOTE 6) (NOTE 10)
(See table 14) Derived from the Generic priv-value =: "id", "user".
Number parameter address (See table 16).
signals (see table 13) (NOTE 8)

Y "presentation | N - Header field not included. addr-spec is set to Privacy header is not
restricted by "unavailable@hostportion” included or if included, "id" is
network" (NOTE 5) not included (See table 16)
(NOTE 4)

Y "presentation | Y "presentation | Header field not included. Derived from Generic Number Privacy header is not
restricted by allowed" (ACgPN) address signals included or if included, "id"
network" (See table 13) and "user" are not included

(NOTE 6) (See table 16)

Y "presentation | Y "presentation | Header field not included. addr-spec is set to Privacy header is not
restricted by restricted" "unavailable@hostportion” included or if included, "id" is
network" (NOTE 5) not included

(See table 16)

Derived from the Generic
Number parameter address
signals (see table 13) (NOTE 8)

priv-value =: "user".
"id" is not included
(See table 16).
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NOTE 2:

NOTE 3:
NOTE 4:
NOTE 5:
NOTE 6:
NOTE 7:

NOTE 8:

NOTE 9:

Has a Calling Party Calling Has a Generic Generic P-Asserted-ldentity From header field Privacy header field
Number parameter Party Number (ACgPN) Number header field
with complete E.164 Number with a complete APRI
number, and with APRI E.164 number and
Screening Indicator = with Screening
UPVP or NP (NOTE 1) Indicator = UPNV
been received? been received?
NOTE 1: A Network Provided CLI in the CgPN parameter may occur on a call to IMS. Therefore in order to allow the "display" of this Network Provided CLI at a SIP UAS it shall

be mapped into the SIP From header. It is also considered suitable to map into the P-Asserted-Identity header since in this context it is a fully authenticated CLI
related exclusively to the calling line, and therefore as valid as a User Provided Verified and Passed CLI for this purpose.

The "From" header may contain an "Unavailable User Identity". An "Unavailable User Identity" includes information that does not point to the calling party and
indicates that the caller's identity is unknown. The encoding of the "Unavailable User Identity" shall be as defined in 3GPP TS 23.003 [74].

This combination of CgPN and ACgPN is an error case but is shown here to ensure consistent mapping across different implementations.

This is an ETSI specific value described within ETSI EN 300 356-1 [70].

The setting of the hostportion is according to operator policy.

In accordance with IETF RFC 3261 [19] procedures, a tag shall be added to the "From" header.

The "From" header may contain an "Anonymous User Identity". An "Anonymous User Identity" includes information that does not point to the calling party and
indicates that the caller has withheld their identity. The encoding of the "Anonymous User Identity" shall be as defined in 3GPP TS 23.003 [74].

As a network option, the "From" header may be derived from the Generic Number parameter address signals (see table 13). This option is only recommended to use
within a trusted domain where an entity such as a TAS is configured to be inserted into the call path that is able to change the "From" Header content to an
anonymous user identity (NOTE 7).

As a network option, the "From" header may be derived from the Calling Party Number parameter address signals (see table 15). This option is only recommended
to use within a trusted domain where an entity such as a TAS is configured to be inserted into the call path that is able to change the "From" Header content to an
anonymous user identity (NOTE 7).

NOTE 10: Network option.
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Table 13: Mapping of generic number (additional calling party number) to SIP from header fields

BICC/ISUP parameter / Value SIP component Value

field
Generic Number "additional calling party From header field display-name (optional) and
Number Qualifier number" addr-spec
Indicator
Nature of Address "national (significant) Tel URI or SIP URI Add CC (of the country where
Indicator number" the MGCEF is located) to GN

address signals to construct
E.164 number in URI. Prefix
number with "+".
"international number" Map complete GN address
signals to E.164 number in
URI. Prefix number with "+".

Address signal if NOA is "national
(significant) number" then
the format of the address

signals is:

NDC+ SN

If NOA is "international Tel URI or SIP URI CC+NDQ+SN as E..164

number" number in URI. Prefix number
with "+".

then the format of the
address signals is:
CC + NDC + SN

Table 14: Mapping of calling party number parameter to SIP P-Asserted-ldentity header fields

BICC/ISUP Parameter / Value SIP component Value
field
Calling Party Number P-Asserted-ldentity header
field
Nature of Address "national (significant) Tel URI or SIP URI Add CC (of the country
Indicator number" where the MGCF is

located) to CgPN address
signals to construct E.164
number in URI. Prefix
number with "+".
"international number" Map complete CgPN
address signals to E.164
number in URI. Prefix
number with "+".

Address signal If NOA is "national
(significant) number" then
the format of the address
signals is:

NDC + SN

If NOA is "international
number"

then the format of the
address signals is:

CC + NDC + SN
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Table 15: Mapping of BICC/ISUP Calling Party Number parameter to SIP From header fields

BICC/ISUP parameter / Value SIP component Value
field
Calling Party Number From header field
"national (significant) Tel URI or SIP URI Add CC (of the country
number" (NOTE) where the MGCF is
Nature of Address located) to CgPN address
Indicator signals then map to

construct E.164 number in
URI. Prefix number with
npn

"international number" Map complete CgPN
address signals to
construct E.164 number in
URI. Prefix number with

+".

Address signal If NOA is "national Tel URI or SIP URI CC+NDC+SN as E.164
(significant) number" then | (NOTE) number in URI. Prefix
the format of the address number with "+".
signals is:

NDC + SN
If NOA is "international
number"

then the format of the
address signals is:
CC + NDC + SN

NOTE: Atel URI or a SIP URI with "user=phone" is used according to operator policy.

Table 16: Mapping of BICC/ISUP APRIs into SIP Privacy header fields

BICC/ISUP parameter / Value SIP component Value
field
Calling Party Number Privacy header field priv-value
APRI "presentation restricted” Priv-value "id"

("id" included only if the P-
Asserted-ldentity header is
included in the SIP

INVITE)
"presentation allowed" or | Priv-value omit Privacy header
"presentation restricted by or Privacy header without
network" "id" if other privacy service
is needed
Generic Number (ACgPN) Privacy header field priv-value
APRI (NOTE) "presentation restricted" Priv-value "user"
"presentation allowed" Priv-value omit Privacy header

or Privacy header without

"user" if other privacy

service is needed

NOTE:  Mapping of Generic Number APRI is only applicable, if the Generic Number is mapped to the "From"
header field (see table 12).

7.2.3.2.2.3A "cpc" URI Parameter in P-Asserted-ldentity Header

See Annex C for normative interworking of a Calling party's category to a"cpc" URI parameter within P-Asserted-
Identity header field.

7.2.3.2.2.3B "oli" URI Parameter in P-Asserted-ldentity Header

See Annex H for normative interworking of the "oli" URI parameter as a network option.
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7.2.3.2.2.4 Max Forwards header

If the Hop Counter procedure is supported in the CS network, the O-MGCF shall use the Hop Counter parameter to
derive the Max-Forwards SIP header. Due to the different default values (that are based on network
demands/provisions) of the SIP Max-Forwards header and the Hop Counter, an adaptation mechanism shall be used to
adopt the Hop Counter to the Max Forwards at the O-MGCF. For example, the following guidelines could be applied.

a) Max-Forwards for a given message should be monotone decreasing with each successive visit to a SIP entity,
regardless of intervening interworking, and similarly for Hop Counter.

b) Theinitial and successively mapped values of Max-Forwards should be large enough to accommodate the
maximum number of hops that may be expected of a validly routed call.

The table 17 shows the principle of the mapping:

Table 17: Hop counter-Max forwards

Hop Counter | =X | Max-Forwards | = Y = Integer part of (X * Factor)
NOTE: The Mapping of value X to Y should be done with the used (implemented) adaptation mechanism.

The factor used to map from Hop Counter to Max-Forwards for a given call will depend on call origin, and will be
provisioned at the O-MGCF based on network topology, trust domain rules, and bilateral agreement.

The Principle of adaptation could be implemented on a basis of the network provision, trust domain rules and bilateral
agreement.

7.2.3.2.25 IMS Communication Service ldentifier

For speech and video calls, the O-MGCF shall insert an IMS Communication Service Identifier, indicating the IMS
Multimedia Telephony Communication Service.

The IMS Communication Service Identifier for the IMS Multimedia Telephony Communication Service is defined in
3GPPTS24.173[88].

7.2.3.2.2.6 P-Early-Media header field

For a speech call the O-MGCF may include the P-Early-Media header field with the "supported” parameter as described
in IETF RFC 5009 [89] in each outgoing INVITE request.

NOTE: The P-Early-Media header with the "supported" parameter can be ignored by terminating devices when
not supporting the procedures described in IETF RFC 5009 [89].

7.2.3.2.2.7 PSTN XML elements

If the O-M GCF supports the PSTN XML body as a network option, the O-M GCF shall map |SUP information into the
XML body asshownintable 7.2.3.2.2.7.1 and 7.2.3.2.2.8.1.
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Table 7.2.3.2.2.7.1: Mapping of ISUP Parameters with PSTN XML elements

IAM > INVITE >
ISUP Parameter Content PSTN XML
Access Transport Parameter High layer compatibility HighLayerCompatibility (NOTE 1,
NOTE 2, NOTE 3)
Low layer compatibility LowLayerCompatibility (NOTE 3)
User Service Information Bearer Capability (NOTE 3, NOTE 4)
User Teleservice Information High layer compatibility HighLayerCompatibility (NOTE 2,
NOTE 3)
Called Party Number Sending terminated signal sendingCompletelndication

(hexadecimal digit F)

NOTE 1: If two high layer compatibility information elements are received in the ATP of the IAM, they shall be
transferred in the same order as received into the PSTN XML body within the INVITE.

NOTE 2: In the normal case, the High layer compatibility information in the ATP is equal to the High layer
compatibility in the User Teleservice Information parameter. In the PSTN XML body, no two identical High
layer compatibility information shall be present. If an HLC is available both in the ATP and in the User
Teleservice information, the HLC from the ATP should be mapped.

NOTE 3: The O-MGCF shall only map this information element if the O-MGCF offers media formats which can be
transferred by the IM-MGW without transcoding and are derived from the incoming ISUP information
according to table 10b.

NOTE 4: See subclause 7.2.3.2.1.5.

7.2.3.2.2.8 Progress indicator

If the O-MGCF supports the PSTN XML body as a network option, the Forward call indicators parameter and an
available "Progressindicator" element in the |AM shall be mapped into a Progressindicator in the PSTN XML body of
the INVITE as shown in table 7.2.3.2.2.8.1.

Table 7.2.3.2.2.8.1: Coding of PSTN XML Progressindicator

IAM— INVITE —»
Forward call indicators parameter Access transport PSTN XML body with
ISDN User Part indicator ISDN access indicator parameter Progressindicator with
"Progress Description”
value No. (Value of PI)
0
("ISDN User Part Value non-significant Value non- No. 1 (NOTE 1)
not used all the way") significant
1 0("originating access non - ISDN")
("ISDN User Part \é?'ﬁﬁiggrr]‘t' No. 3 (NOTE 1)
used all the way") 9
1 1 Progress indicator Progresslindicator
("ISDN User Part ("originating access ISDN") No. (Value of PI) mapped from Progress
used all the way") indicator received in the
ATP (NOTE 2) and
additional
Progresslindicator with
"Progress Description"
value No.6 (NOTE 1,
NOTE 3)
1 1
("ISDN User Palrlt (“originating access ISDN") Not present No. 6 (NOTE 1)
used all the way")

NOTE 1:

NOTE 2:

NOTE 3:

The Progressindicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The
default value for the Progressindicator "Location" parameter is "0011 (Transit Network)".

The entire Progress indicator, including the "Progress Description”, "Coding Standard" and "Location"
parameters shall be copied.

The order of Progressindicators within PSTN XML body is irrelevant.
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7.2.3.2.2.9 P-Access-Network-Info

If the IAM message includes a location number ISDN user part parameter, the O-MGCF shall include a P-Access-
Network-Info header. The P-Access-Network-Info shall be populated as shown in table 7.2.3.2.2.9.1.

Table 7.2.3.2.2.9.1: Coding of the P-Access-Network-Info header fields

BICC/ISUP parameter / field SIP component Value
Location Number access-type "GSTN"
gstn-location value of Location Number, in quotes

Table 7.2.3.2.2.9.2: Mapping ISUP Location Number to SIP P-Access-Network-Info

IAM INVITE
Location Number P-Access-Network-Info
Parameter name not mapped
Parameter length not mapped
Parameter content gstn-location set to the hexadecimal representation of the ISUP parameter
content, encoded as a text string between quotes

NOTE 1: As specified in ITU-T Q.763 [4], the parameter content includes both the header fields (octets 1 and 2) and
the address signals.

NOTE 2: The parameter content includes the address presentation restricted indicator. This field is not mapped to the
Privacy header field. It is upon network operator responsibility to remove the P-Access-Network-Info header
field when leaving the trust domain, as specified in 3GPP TS 24.229 [9].

NOTE 3: If the screening indicator is set to network provided, a np parameter is added to the P-Access-Network-Info
header field value.

7.2.3.2.2A Coding of the INVITE when Number Portability is supported

This subclause describes optional coding procedures when Number Portability is supported.

7.2.3.2.2A.1 REQUEST URI and To Header

When Number Portability is supported, the method used for signalling of the Called Party E.164 address and the
Number Portability Routing Number determines the parameters of the |AM message used to derive the Request URI of
the INVITE Request.

The number portability information (rn and npdi) shall not be mapped into the To header field.

ITU-T Q.769.1[92] describes three possible addressing methods for signalling of the Called Party E.164 address and
Number Portability Routing Number (ITU-T Q.769.1 [92] uses the terms directory number and network routing number
respectively). The choice of these methods is based on network operator and national requirements.

The following subclauses describe how the Request URI and To header fields are populated, based on these methods,
when a Number Portability Routing Number is available in the IAM.

When the optional Number Portability Routing Number is available and supported, these procedures take precedence
over procedures for coding of the Request URI and To header fields described in subclause 7.2.3.2.2.1.

When a Number Portability Routing Number is not available, the Request URI and To Header fields are populated as
described in subclause 7.2.3.2.2.1, with the following addition: If a Number Portability Forward Information Parameter
parameter is present in the |AM, containing a value of "number portability query done for called number, non-ported
called subscriber”, atel URI npdi parameter [93] is added.

For the following subclauses, the Request URI isatel URI or SIP URI with "user=phone" and shall contain an
International public telecommunication number prefixed by a"+" sign (e.g. tel:+4911231234567).
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Table 17a: Mapping ISUP to SIP Request-URI and To header field with Number Portability Separate
Directory Number Addressing Method

IAM—

INVITE

Called Party Number

Called Directory Number

Request-URI and To Header Field

Address Signal:

Nature of address indicator:
"Network routing number in
national (significant) number
format" or "National
(significant) number" or
"Network routing number in
network specific number
format" as described in ITU-T

Address Signal:
Nature of address indicator:
"National (significant) number".

The "telephone-subscriber” is populated from
the Called Directory Number as follows:
Insert "+CC" before the Address signals (NOTE 1)

The Tel URI rn= parameter is populated from
the Called Party Number as follows:

Insert "+CC" before the Address signals (NOTE 1)
and is added only to the Request-URI.

Q.769.1 [92] Use of the local form of the rn= parameter is out of

(NOTE 2) the scope of the present specification.

Tel URI npdi parameter as defined in IETF RFC
4694 [93] is added only to the Request-URI.

NOTE 1: CC = Country Code of the network in which the O-MGCF is located.

NOTE 2: If the address signals received in the ISUP Called Party Number contain a sending terminated signal
(hexadecimal digit F), then this shall be discarded or if the PSTN XML is supported then the
sendingCompletelndication shall be included.

7.2.3.2.2A.1.2 Concatenated Addressing Method

Table 17b: Mapping ISUP to SIP Request-URI and To header field with Number Portability
Concatenated Number Addressing Method

IAM—

INVITE

Called Party Number

Request-URI and To Header Field

Address Signal:
Nature of address indicator:

"Network routing number concatenated with

called directory number" or

"National (significant) number" as described

in ITU-T Q.769.1 [92]
(NOTE 2)

The "telephone-subscriber” is populated from the Called Party
Number as follows:

Remove the prefix representing the Number Portability Routing Number
or the prefix prior to the directory number (NOTES3).

Insert "+CC" before the Address signals (NOTE 1).

The Tel URI rn= parameter is populated from the Called Party
Number as follows and is added only to the Request-URI:

Use all address digits contained within the Called Party Number or
remove the digits that follow the prefix representing the Number
Portability Routing Number

Insert "+CC" before the Address signals (NOTE 1)

Use of the local form of the rn= parameter is out of the scope of the
present specification.

Tel URI npdi parameter as defined in IETF RFC 4694 [93] is added
only to the Request-URI.

NOTE 1: CC = Country Code of the network in which the O-MGCF is located.

NOTE 2:

If the address signals received in the ISUP Called Party Number contain a sending terminated signal

(hexadecimal digit F), then this shall be discarded or if the PSTN XML is supported then the
sendingCompletelndication shall be included.

NOTE 3:

Based on national policy the whole Number Portability Routing number includes the Called Party Number

and a prefix. In such cases only the Prefix has to be removed. Normally the Nature of address indicator
indicates if the Number Portability Routing Number contains a Called Party Number and a prefix.
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Separate Network Routing Number Addressing Method

Table 17c: Mapping ISUP to SIP Request-URI and To header field with Number Portability Separate
Network Routing Number Addressing Method

IAM—

INVITE

Network Routing Number

Called Party Number

Request-URI and To Header Field

Address Signal:

Nature of address indicator:
"Network routing number in national
(significant) number format" or
"Network routing number in network
specific number format" as
described in ITU-T Q.769.1 [92]
(NOTE 2)

Address Signal:
Nature of address indicator:
"National (significant) number".

The "telephone-subscriber” is populated
from the Called Party Number as follows:
Insert "+CC" before the Address signals
(NOTE 1)

The Tel URI rn= parameter is populated
from the Network Routing Number as
follows and is added only to the Request-
URI:

Insert "+CC" before the Address signals
(NOTE 1)

Use of the local form of the rn= parameter is
out of the scope of the present specification.

Tel URI npdi parameter as defined in IETF
RFC 4694 [93] is added only to the
Request-URI.

NOTE 1:
NOTE 2:

CC = Country Code of the network in which the O-MGCEF is located.

If the address signals received in the ISUP Called Party Number contain a sending terminated signal
(hexadecimal digit F), then this shall be discarded or if the PSTN XML is supported then the
sendingCompletelndication shall be included.

7.2.3.2.2B

Coding of the INVITE for Carrier Routeing

This subclause describes optional coding procedures for carrier-based routeing.

7.2.3.2.2B.1

Mapping of "cic" in REQUEST URI Header

The procedures followed in subclause 7.2.3.2.2.1 apply with the following addition.

If the Transit Network Selection parameter, defined according to ITU-T Q.761 [4], isincluded in the IAM message the
O-MGCF, based on network configuration, may send the transit network selection information to the SIP network. In
such acasethe "cic=" parameter as defined in IETF RFC 4694 [93] isincluded in the SIP-Request URI and configured

according to the table below.

Table 17d: Mapping of ISUP "Transit Network Selection” (TNS) to SIP "Carrier Identification Code"

(CIC)

ISUP parameter/field Value

SIP Component

Value

Transit Network Selection |Digits

Carrier id code in Userinfo of Request URI

"cic=carrier ID code" as defined in
IETF RFC 4694 [93]

7.2.3.2.2B.2 Void

7.2.3.2.2C

Coding of INVITE with instance-id in form of IMEI URN

An Emergency Access Transfer Function (EATF) that provides IM S-based mechanisms for enabling service continuity
of IMS emergency sessionsis described in 3GPP TS 23.237 [118]. A correlation of the call legs at the EATF is based

on the equipment identifier.

A Mobile Equipment Identifier (MEI) parameter of the Mobile Service Transport (MST) Application Transport
Parameter is defined in 3GPP TS 29.205 [14].

Aninstance-id is a SIP Contact header field parameter defined in IETF RFC 5626 [119]. When an IMEI is available,
the instance-id shall take the form of an International Mobile station Equipment Identity (IMEI) URN as specified in
| ETF draft-montemurro-gsma-imei-urn [120].
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When an O-M GCF receives the Mobile Service Transport (MST) Application Transport Parameter containing the
Mobile Equipment Identifier (MEI) parameter within the lAM the O-MGCF shall perform the mapping to the
"+sip.instance” Contact header field parameter according to table 7.2.3.2.2C.1.

Table 7.2.3.2.2C.1:  Mapping of ISUP/BICC to SIP

-2 1AM - INVITE
ISUP Parameter Value SIP Component Value
Mobile Equipment Identifier: |Contact header gmsa urn set to "imei" namespace
MST Application IMEI containing "+sip.instance" [NOTE 1
Transport Parameter |Mobile Equipment Identifier: |parameter in the form of |NOTE 2
IMEISV IMEI URN

NOTE 1: The gsma-specifier "imei" is generated as:
urn:gsma:imei:tac-snr-spare
where
"tac" represents 8 digits type allocation code (TAC), "snr" represents 4 digits serial number (SNR),
and "spare" represents spare decimal digit as specified in 3GPP TS 23.003 [74].
NOTE 2: The Software Version Number is not interworked and thus the "svn" parameter is not included within the
gsma urn.

7.2.3.2.3 Receipt of CONTINUITY

This subclause only appliesif the O-MGCF has sent the INVITE request without waiting for an outstanding COT
message (see subclause 7.2.3.2.1).

O-MGCF
COT (success)

> SDP indicating
pre-conditions
met

Figure 14a: Receipt of COT (success)

When the requested local preconditions (if any) have been met and if possible outstanding continuity procedures have
successfully been completed (COT with the Continuity Indicators parameter set to "continuity check successful” is
received), a SDP offer (e.g. a SIP UPDATE request, asdefined in IETF RFC 3311 [55]) shall be sent for each early SIP
dialogue for which the received provisional response indicated support of preconditions confirming that all the required
local preconditions have been met. If the O-MGCF previoudly offered inactive media stream it shall set the media
stream to active mode.

NOTE: This procedure applies regardless of whether the early SIP dialog existed prior to the preconditions being
fulfilled or is subsequently created.

7.2.3.2.4 Sending of ACM and awaiting answer indication

If the Address Complete Message (ACM) has not yet been sent, the following cases are possible trigger conditions that
shall lead to the sending the address complete message (ACM):

- the detection of end of address signalling by the expiry of Timer T i/w, or,
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O-MGCF
IAM
SAM > T i/w1 running
SAM :}T i/w1 running
ACM (no indication) | -1 /Wi elapses
< INVITE >

Figure 15: Sending of ACM T i/w, elapses

- thereception of the first 180 Ringing. An O-M GCF initiates the sending of an awaiting answer indication only if
according to IETF RFC 5009 [89] backward early mediais not authorized (the most recently received P-Early-
Media header field is received does not authorize the backward early media or the P-Early-Media header field
has not yet been received).

O-MGCF

ACM (Subscriber Free) P 180 Ringing

Ring tone

Figure 16: Sending of ACM (Receipt of first 180 Ringing and backward early media is not authorized)

Based on local knowledge that the call istransited to a PSTN network, the O-M GCF may decide not to generate
the awaiting answer indication when receiving the 180 Ringing message and backward early mediais not
authorized according to IETF RFC 5009 [89].

O-MGCF

180 Ringing
[P-Early-Media header:
ACM backward early media

(Subscriber Free) | 2uthorized]

A

Ring tone

Figure 16a: Sending of ACM (Receipt of first 180 Ringing and backward early media is authorized)

- thereception of the first 181 Call is Being Forwarded.
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O-MGCF
ACM 181 Call isBeing
(Call Diversion Forwarded

information)

<«

Figure 16b: Sending of ACM (Receipt of first 181 Call is Being Forwarded and backward early media
is not authorized)

O-MGCF
181 Call isBeing
Forwarded
ACM [P-Early-Media
(Call Diversion header: backward early

information, OBCI: in- | mediaauthorized]
band info available)

A

A

Figure 16c: Sending of ACM (Receipt of first 181 Call is Being Forwarded that includes authorization
of early media)

- At an O-MGCF once al the following sub-conditions have been met: {1} the reception of the first 183 Session
Progress that includes a P-Early-Media header field authorizing backward early media, and {2} SDP
preconditions are not used, or applicable SDP preconditions have been met.

O-MGCF
183 Session Progress
ACM [P-Early-Media header:
(Noindication, backward early media
OBCI: in-band info authorized]
_available) <
Appropriate
announcement
-——

Figure 16d: Sending of ACM (Receipt of first 183 Session Progress that includes authorization of
early media)

- Asanetwork option, reception of 183 containing a SIP reason header with an Q.850 Cause Value.
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O-MGCF
ACM ( _
No i ndi cation 183 Sesson Progress
Cause=xxx) (Reason(Cause=xxx))

<

<
<

Figure 16e: Sending of ACM (Receipt of 183 Session Progress containing SIP Reason header)

- Tilw 2 expires after theinitial INVITE is sent.

O-MGCF
IAM INVITE

v

 ACM (no indication) } Tilw2

Figure 17: Sending of ACM (Ti/w, elapses)

The sending of an awaiting answer indication is described in subclause 9.2.3.3.

When a 180 (Ringing) response is received with the Alert-Info header field at an O-MGCF supporting capabilities
associated with the Alert-Info header field an O-M GCF may instruct the IM-MGW to play out early media available at
the associated URL to the PSTN leg of the communication.

If the O-M GCF receives a 18x response with a P-Early-Media header field that changes the authorization of early
media, the O-M GCF terminates the sending of the awaiting answer indication if the header field authorizes backward
early media, and initiates the sending of the awaiting answer indication if the header field removes authorization of
backward early mediaand if the O-M GCF has received the 180 Ringing response.

7.2.3.2.5 Coding of the ACM

7.2.3.2.5.0 General

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4].

7.2.3.251 Backward call indicators

bits AB Chargeindicator Contributors
10 charge

bits DC Called party's status indicator
01  subscriber freeif the 180 Ringing has been received.
00  noindication otherwise

bits FE  Called party's category indicator
00 noindication

bits HG End-to-end method indicator
00  no end-to-end method available

bit I Interworking indicator
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1 interworking encountered

As anetwork operator option, the value | = 0 "no interworking encountered” is used for TMR = 64 kBit/s unrestricted

NOTE: Thisavoids sending of aprogressindicator with Progressinformation00000 0 1 "Call is not end-to-end
ISDN; further call progress information may be available in-band”, so the call will not be released for that
reason by an ISDN terminal.

bit J End-to-end information indicator

0 no end-to-end information available
bit K

ISDN user part/BICC indicator

0 ISDN user part not used all the way

As anetwork operator option, the value K = 1 "I1SDN user part/BICC used al the way" is used for TMR = 64 kBit/s
unrestricted

NOTE: Thisavoids sending of a progressindicator with progressinformation 00000 0 1 "Call is not end-to-end

ISDN; further call progress information may be available in-band”, so the call will not be released for that
reason by an ISDN terminal.

bit L Holding indicator (national use)
holding not requested

0
bit M ISDN access indicator

0 terminating access non-1SDN

As anetwork operator option, the value M = 1 "terminating access ISDN" is used for TMR = 64 kBit/s unrestricted.

NOTE: Thisavoids sending of a progress indicator with progressinformation 0 0 0 00 1 0 "Destination accessis

non-1SDN", so the call will not be released for that reason by an ISDN terminal.
bit N Echo control device indicator

1 incoming echo control device included, for speech calls, e.g., TMR is"3.1KHz audio".

0

incoming echo control device not included, for known data calls, e.g., TMR "64 kBit/s unrestricted"
or HLC "Facsimile Group 2/3".

If the PSTN XML body is supported as a network option, the Backward Call indicators parameters derived as shown in
table 7.2.3.2.5.1.1 shall take precedence over the above Backward Call indicators parameter setting.

ETSI



3GPP TS 29.163 version 9.18.0 Release 9 88 ETSI TS 129 163 V9.18.0 (2014-07)

Table 7.2.3.2.5.1.1: Derivation of Backward Call Indicators from PSTN XML body

<—ACM « 180 Ringing or 183 Session Progress
Backward call indicators parameter PSTN XML body with Progress indicator with
Optional backward call indicators parameter "Coding Standard" value "00 (ITU-T standardized
coding)" and with "Progress Description" No (Value
of PI)
Backward call indicators parameter No. 1
("Call is not end-to-end ISDN: further call progress
ISDN User Part indicator information may be available in-band")
0 "ISDN User Part not used all the way"
Backward call indicators parameter No. 2

("Destination address is non-ISDN")
ISDN User Part indicator
0 "ISDN User Part used all the way"

ISDN access indicator

0 "Terminating access non-ISDN"
Backward call indicators parameter No. 7
("Terminating user ISDN")

Interworking indicator
0 "no interworking encountered"”

ISDN User Part indicator
1 "ISDN User Part used all the way"

ISDN access indicator
1 "Terminating access ISDN"
Optional backward call indicators parameter

In-band information indicator I\,I,O' 8 . . . .
; : . . ("In-band information or an appropriate pattern is now
1 "in-band information or an appropriate pattern is available")

now available

7.2.3.25.2 Optional Backward call indicators

Bit A 1 "in-band information or an appropriate pattern is now available" shall be set if 183 Session Progress or
181 Cadll is Being Forwarded response is received and according to |IETF RFC 5009 [89] backward early
mediais authorized.

Table 7a0.4: Sending criteria of Optional backward call indicators parameter

«—ACM « 183 Session Progress or 181 Call is
Being Forwarded
Optional backward call indicators parameter P-Early-Media header authorizing backward
In-band information indicator early media
in-band information or an appropriate pattern is now available

7.2.3.25.3 Access Transport Parameter, Transmission medium used parameter

If the O-M GCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 180
ringing or 183 session progress, the O-MGCF shall store the received PSTN XML elements, replacing any previously
stored PSTN XML elements on that dialog.

NOTE: Multiple 18x responses can be received, both within asingle dialog and in multiple dialogs. The PSTN
XML bodies are stored on a per-dialog basis to be mapped to the ATP/TMU parameters on receipt of the
200 OK (see subclause 7.2.3.2.9.2).

Table 7.2.3.2.5.3.1: Void

7.2.3.254 Progress indicator

If the O-M GCF supports the PSTN XML body as a network option and receivesit in the 180 or 183, the O-M GCF shall
store a"Progressindicator” element from the PSTN XML body on a per dialog basis and shall add itionaly map it into a
Progress Indicator in the ACM as shownintable 7.2.3.2.5.4.1.
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Table 7.2.3.2.5.4.1: Handling of the progress indicator

«—ACM «180/183
Access transport parameter PSTN XML body with Progress indicator with "Coding
Standard" value "00 (ITU-T standardized coding)" and with
"Progress Description" No. (Value of PI)
Progress indicator (NOTE) Progress indicator No. 1/ 2
Progress indicator (NOTE) Progress indicator No. 8
NOTE: The entire Progress Indicator, including the "Progress Description”, "Coding Standard" and "Location"
parameters shall be copied.

Table 7.2.3.2.5.4.2: Void

7.2.3.2.55 Cause Value

If the O-M GCF sends the ACM upon reception of a SIP 183 provisional response containing a SIP reason header with a
Q.850 Cause value, the IO-M GCF may include the received Cause value within the ACM as a network option. The
mapping of the Cause Indicators parameter to the Reason header as shown in table 8a shall be applied. IETF RFC 6432
[115] describes the use of the Reason header field in responses. The Reason header field itself is described in IETF RFC
3326 [116].

7.2.3.2.6 Sending of the Call Progress message (CPG)

7.2.3.2.6.0 General

If the Address Complete Message (ACM) has already been sent, the O-M GCF shall send the Call Progress message
(CPG) in the following cases:

- Upon receipt of the SIP 180 Ringing provisional response. An O-MGCF should initiate the sending of an
awaiting answer indication only if according to IETF RFC 5009 [89] backward early mediais not authorized (the
most recently received P-Early-Media header field does not authorize the backward early media or the P-Early-
Media header field has not yet been received).

O-MGCF

CPG (Alerting) 180 Ringing

«---Ringtone____

Figure 18: Sending of CPG(Alerting) (Receipt of 180 Ringing response and backward early media is
not authorized)

O-MGCF

180 Ringing
[P-Early-Media header:
backward early media

CPG _authorized]
(Alerting) b
) Ring tone
——— e — e ———————

Figure 18a: Sending of CPG(Alerting) (Receipt of 180 Ringing response with authorization of early
media)
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Based on local knowledge that the call is transited to a PSTN network, the O-MGCF may decide not to generate
the awaiting answer indication when receiving the 180 Ringing message and backward early mediais not
authorized according to IETF RFC 5009 [89].

- At an O-MGCF upon receipt of a 183 Session Progress that includes the first P-Early-Media header field
authorizing backward early media.

O-MGCF
183 Session Progress
CPG [P-Early-Media header:
ga?;agﬁa )I nformation ‘guatctli\)/:{azrgdclaarly media
Appropriate
announcement
—— — o —

Figure 18b: Sending of CPG(in-band information available)

- Upon receipt of the 181 Call is Being Forwarded provisional response.
O-MGCF

181 Call isBeing
Forwarded
[P-Early-Media header:
CPG backward early media
(Progress, OBCI: in- | authorized]
band info available)

A

A

Figure 18c: Sending of CPG(Progress)

- Asanetwork option, reception of 183 containing a SIP reason header with a Q.850 Cause Value.

. O-MGCF
CPG (in-band _
information available | 183 Session Progress
Cause=xxx) (Reason(Cause=xxx))

Figure 18d: Sending of CPG (Receipt of 183 Session Progress containing SIP Reason header)

If the O-M GCF receives a 18x response with P-Early-Media header field that changes the authorization of early media,
the O-M GCF terminates the sending of the awaiting answer indication if the header authorizes backward early media
and initiates the sending of the awaiting answer indication if the header removes authorization of backward early media
and if the O-MGCEF has received the 180 Ringing response.

7.2.3.2.6.1 Handling of the progress indicator

If the O-M GCF supports the PSTN XML body as a network option and receivesit in the 180 or 183, any
"Progressindicator” element in the PSTN XML body shall be stored on a per-dialog basis as well as mapped as shown
intables 7.2.3.2.6.1.1 and 7.2.3.2.6.1.3.
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Table 7.2.3.2.6.1.1: Mapping of progress indicator in PSTN XML body into ATP

«CPG

«180/183

Access transport parameter

PSTN XML body with Progress indicator X

Progress indicator (NOTE 1, NOTE 3)

Progress indicator No. 1/ 2

Progress indicator (NOTE 2, NOTE 3)

Progress indicator No. 4

Progress indicator No. 4 (NOTE 2, NOTE 4)

Progress indicator No. 7

NOTE 1: Values 1 ("call is not end-to-end ISDN: further call progress information may be available in-band") or 2
("destination address is non-ISDN") shall be sent if Value 4 ("Call has returned to the ISDN") has been sent
since value 1 or 2 was previously sent or if no value 1 or 2 was previously sent.

NOTE 2: Value 4 ("Call has returned to the ISDN") shall be sent if value 1 ("call is not end-to-end ISDN: further call
progress information may be available in-band") or 2 ("destination address is non-ISDN") was sent previously
and no value 4 has been signalled since.

NOTE 3: The entire Progress Indicator, including the "Progress Description”, "Coding Standard" and "Location"
parameters shall be copied.
NOTE 4: The Progress Indicator "Coding Standard" parameter shall be set to "00 (ITU-T standardized coding)". The

default value for the Progress Indicator "Location” parameter is "0100 (Public Network serving remote user)".

Table 7.2.3.2.6.1.2: Void

Table 7.2.3.2.6.1.3: Mapping of progress indicator in PSTN XML body into Event Indicator

«—CPG
Event indicator

«180/183
PSTN XML body with Progress indicator with
"Coding Standard" value "00 (ITU-T standardized
coding)" and with Progress Description" value No. X

"In-band information or appropriate pattern is now No. 8
available" "In-band information or appropriate pattern is now
available"

7.2.3.2.7 Coding of the CPG

7.2.3.2.7.0 General

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4].

7.2.3.2.7.1 Event information

bits G-A Event indicator
0000001 alertingif 180 Ringing response received
0000010 progress, if 181 Call is Being Forwarded response received

0000