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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", "need not", "will", "will not", "can" and
"cannot" are to be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verbal forms for the expression of
provisions).

"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.
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Foreword
This Technical Specification has been produced by the 3rd 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 al 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 I TU-
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 26.114 [104], 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.

e For aspecific reference, subsequent revisions do not apply.

o 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 refers to 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".

[9] 3GPP TS 24.229: "IP Multimedia Call Control Protocol based on SIP and SDP".
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[10] 3GPP TS 23.002: "Network Architecture”.

[11] 3GPP TS 22.228: " Service reguirements for the IP Multimedia Core Network Subsystem".

[12] 3GPP TS 23.228: "IP Multimedia subsystem (IMS)".

[13] Void.

[14] 3GPP TS 29.205: "Application of Q.1900 series to Bearer Independent CS Network architecture;
Stage 3".

[15] 3GPP TS 29.332: "Media Gateway Control Function (MGCF) - IM-Media Gateway (IM-MGW)
interface, Stage 3".

[16] IETF RFC 791: "Internet Protocol".

[17] IETF RFC 768: "User Datagram Protocol”.

[18] IETF RFC 2960: " Stream Control Transmission Protocol".

[19] IETF RFC 3261: "SIP: Session Initiation Protocol".

[20] 3GPP TS 29.202: "Signalling System No. 7 (SS7) signalling transport in core network; Stage 3".

[21] IETF RFC 2474: "Definition of the Differentiated Services Field (DS Field) in the Ipv4 and |pv6
Headers'.

[22] IETF RFC 2475: "An Architecture for Differentiated Services".

[23] 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".

[24] IETF RFC 793: "Transmission Control Protocol”.

[25] 3GPP TS 29.414: " Core network Nb data transport and transport signalling”.

[26] 3GPP TS 29.415: "Core network Nb interface user plane protocols'.

[27] 3GPP TS 23.205: "Bearer-independent circuit-switched core network; Stage 2".

[28] Void.

[29] ITU-T Recommendation Q.2150.1: " Signalling transport converter on MTP3 and MTP3b".

[30] ITU-T Recommendations Q.1902.1 to Q.1902.6 (07/01): "Bearer Independent Call Control".

[31] Void.

[32] Voaid.

[33] Void.

[34] Void.

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

[36] IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)".

[37] IETF RFC 3312: "Integration of Resource Management and Session Initiation Protocol (SIP)".

[38] 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”.

[39] IETF RFC 2460: "Internet Protocol, Version 6 (1pv6) Specification”.

[40] IETF RFC 3323: "A Privacy Mechanism for the Session Initiation Protocol (SIP)".
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within Trusted Networks".
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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)".
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3GPP TS 23.221: " Architectural requirements’.
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IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications”.
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3 Definitions and abbreviations

3.1 Definitions

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

Carrier textphone mode: a mode for text communication, where continuous signals (i.e. a carrier tone) are present on
the connection irrespective of whether text is being exchanged or not.

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 Cyp

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 acall (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 I nterworking 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: refersto 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: thisterminology means that BICC signalling always needs to be used on top of STCmtp sublayer.
diverting URI: the URI of the node by which the existing communication was last diverted/forwarded.

diverted-to URI: the URI to which the existing communication is diverted/forwarded to.

ICE lite: Theliteimplementation of the Interactive Connectivity Establishment (ICE) specified in
IETF RFC 5245 [143].

Full 1CE: The full implementation of the Interactive Connectivity Establishment (ICE) specified in
IETF RFC 5245 [143].

3.2 Abbreviations

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

3PTY Three Party
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AAL1L ATM Adaptation Layer type 1

ACR Anonymous Call Rejection

AMR Adaptive M ulti-Rate

AMR-WB Adaptive Multi-Rate - WideBand
AMR-WB IO  Adaptive Multi-Rate - WideBand Inter-operable Mode, included in the EV S codec
ANM Answer Message

APM Application Transport Message

APP APPlication-defined RTCP packet

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

CAT Customized Alerting Tones

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

CcoT Continuity

CPC Calling Party's Category

CPG Call ProGress message

Csl Carrier Selection Information

DSCP DiffServ Code Point

DTX Discontinuous Transmission

ECN Explicit Congestion Notification
ECN-CE ECN Congestion Experienced

EVS Enhanced Voice Services

EVS-CMR Codec Mode Request for EVS

FAC Facility

FQC Frame Quality Classification

GN Generic Number

GRS Group Reset

GVNS Global Virtual Network Service

H/W Hardware

ICE I nteractive Connectivity Establishment
ICS IMS Centralized Services

IDR | dentification Request

IEPS International Emergency Preference Scheme
I-MGCF Incoming MGCF

IM-MGW IP Multimedia Media Gateway Function
INF Information

INR Information Request

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
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MRFP Media Resource Function Processor
MSN Multiple Subscriber Number
MSU Message Signalling Unit
MWI Message Waiting Indication
NOA Nature Of Addressindicator
NPDI Number Portability Database Dip | ndicator
OolP Originating | dentification Presentation
OIR Originating | dentification Restriction
oLl Originating Line Information
O-MGCF Outgoing MGCF
Pl Progress Indicator
PIDF Presence Information Data Format
PSAP Public Safety Answering Point
REV Reverse Charging
RLC Release Complete
RSC Reset Circuit
RTCP RTP Control Protocol
RTP Real-time Transport Protocol
SAM Subsequent Address Message
SCTP Stream Control Transmission Protocol
SDPCapNeg SDP Capability Negotiation
SGW Signalling Gateway
SPC Signalling Preconfigured Channel
ST Sending Terminated
STUN Session Traversal Utilitiesfor NAT
TCAP Transaction Capabilities Application Part
TDM Time Division Multiplex
TIP Terminating |dentification 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
uUDI Unrestricted Digital Information
UDI-TA Unrestricted Digital Information with Tones/Announcements
uiD User Interactive Dialog
URI Uniform Resource Identifier
usl User Service Information
uus User-to-User Signalling
XML eXtensible Markup Language

4 General

4.1 General interworking overview

TheIM 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 | SUP (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.
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User plane interworking between the IM CN subsystem and CS network bearers (e.g. 64k TDM, ATM/AAL2 circuit or
IP 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.

The IM 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 a PSTN is either based on BICC Capability Set 2 as specified in ITU-T Recommendations
Q.1902.1 to Q.1902.6 [30], 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 interfacein

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 I pv6, 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 |...., M
| ........... BICC/ISUP over
....... SCTP/IP
CSCE |-sereremnsansd I MGCE |serremmsssrrrmmsssernmnnanes SGW
Mg :
 BICC/ISUP
:Mn BICC-»Q_YT SCTP/IP over MTP
CS channels
Mb IM- e.g. PCM
 (Note 3) | : MGW CS network
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
Ipv6 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].
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].
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6.2 Control plane interworking model

Within the IM CN subsystem, the 3GPP profile of SIP isused 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
clause 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 from
the 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 |P bearersto carry encoded voice frames, to and from the IM CN subsystem.

Other CN networksuse ATM/AAL 1 or AAL 2 or |P 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 translated within the IM CN subsystem. This function is performed within the IM-MGW (see clause 6.1.2).

7 Control plane interworking

Signalling from CS networksto 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+ST Cpyp 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
clauses. For the present document these protocol layers include, but are not limited to, Bearer Independent Call Control
(BICC)+ST Cp and 1SDN User Part (ISUP).

7.1 General

The following clauses 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 use is 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].

Services that are common in SIP and BICC or |SUP 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.

How to create a SIP component which is not mapped from BICC or |SUP parameter(s) (e.g., the SIP domain namein
the SIP URI) is outside the scope of this specification.

Table 1 lists the services seamlessly interworked and therefore within the scope of the present document.
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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 | P respectively is as shown in figure 2.

ISUP < ISUP > ISUP 2P,
SIP SIP
MTP3 MTP3 [M3UA M3UA | TCP/ TCP/
UDP/ UDP/
MTP2 MTP2 |SCTP SCTP SCTP SCTP
< SS7_ P <
L1 < >| L1 IP < > IP IP < > IP
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+ST Cryp) 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].

7.2.1.2 Services of the SGW
The SGW shall perform the functions as described in 3GPP TS 23.002 [10].
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In order to support the seamless operation of the MTP3-User part information between networks incorporating SS7 and
IP (either 1pv4, 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]).

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

The MGCEF shall provide the interaction, through the use of its interworking 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 S|P, where the interworking of SIP to ISUP and BICC+ST Cyy, are detailed below.

7.2.1.4 Services of the SIP signalling function

The SIP signalling function is alogical entity that provides the capabilities to 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 MGCEF 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. ISUP, towards the MGCF. In order to direct messages
received from the SS7 MTP3 network to the appropriate I 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
| 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.

7.2.2.1.31 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.

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 1P address management are discussed in 3GPP TS 23.221 [47].
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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.

7.23.1 Incoming call interworking from SIP to ISUP at I-MGCF
7.2.3.1.1 Sending of IAM

On reception of a SIP INVITE requesting a session, the I-M GCF shall send an |AM message. The alowed sessions are
giveninclause 7.2.3.1.2.5.

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

applies.

NOTE: If thel-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-M GCF 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 ISUP network and SIP precondition extension are included in the
SIP Supported or Require header field, the I-M GCF 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 isnot required”. If the received SDP indicates that precondition is not fulfilled the |-
MGCF shall set the continuity indicatorsto "continuity check performed on aprevious circuit”. The procedurein 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 clause 9.2.2.3 also apply.

-MGCF

INVITE »‘ 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”.

I-MGCF
INVITE
>
SDP indicating
~ pre-conditions » IAM >
met

Figure 4: Receipt of an INVITE request (continuity procedure not supported in the ISUP network)
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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 |AM
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 alocal-
number with a
phone-context in
the User Info
portion in a SIP
URI with
user=phone, or
as a local
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

(NOTE 3) for national use".

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: Depending on configuration, 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 Satdlliteindicator
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).

ETSI



3GPP TS 29.163 version 13.11.0 Release 13 35 ETSI TS 129 163 V13.11.0 (2018-07)
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 datacalls, 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 "ISDN user part/BICC used all the way" isused if the TMR = 64 kBit/s
unrestricted is used.

NOTE: Thisavoids sending of a progressindicator 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 ISDN user part/BICC preferred all the way, or
10 ISDN user part/BICC required all the way;
Otherwise:
0 11SDN 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 progress indicator with progressinformation 000 0 1 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
0 Onoindication

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.

7.23.1.2.4 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 OL| 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 |-
MGCF 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 aPSTN
XML body isreceived inthe INVITE request and the I-M GCF selects 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 XML body
instead, as detailed in table 2b. The I-M GCF 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-MGCF 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 clause 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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NOTE 3:

NOTE 4:

NOTE 5:
NOTE 6:

NOTE 7:

NOTE 8:

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 [N/A or AS: up to (64 kbit/s |rtpmap:<dynamic-PT> ["3.1KHz audio" (NOTE 3)
PT + 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  [N/A or AS: up to (64 kbit/s |rtpmap:<dynamic-PT> ["3.1KHz audio" (NOTE 3)
PT + RTP/UDP/IP overhead) [PCMA/8000
audio RTP/AVP Dynamic [AS: (64 kbit/s+ rtpmap:<dynamic-PT> |"64 kbit/s unrestricted" "Unrestricted
PT 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 "3.1 KHz audio" "3.1 KHz audio” "Facsimile
+ UDP/IP overhead) T.38 [72] (NOTE 8) Group 2/3"
image tcp t38 [73] N/A or AS: up to (64 kbit/s [Based on ITU-T "3.1 KHz audio" "3.1 KHz audio" "Facsimile
+ TCP/IP overhead) T.38 [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].

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.
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.

<bandwidth value> for <modifier> of AS is in units of kbit/s.
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 clause 7.2.3.1.2.5a).
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 clause 7.2.3.1.2.5a.
Annex K describes recommended values.
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Table 2b: Mapping of PSTN XML elements into ISUP Parameters

Unrestricted digital
information with

tones/announcements

INVITE > IAM >
PSTN XML Value ISUP Parameter Content
HighLayerCompatibility Access Transport | High layer compatibility (NOTE 1)
Parameter
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

64 kbit/s unrestricted

NOTE 1:

NOTE 2:
NOTE 3:

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.
If there are two BCs present, see clause 7.2.3.1.2.5a.

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 clause shall only apply if two PSTN
XML Bearer Capability elements appear within the INVITE Request and the MGCF supports the PSTN XML body asa

network option.

When all the following conditions apply:

- TheINVITE 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 US| 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 thefirst XML Bearer Capability element into the "USI" within the IAM;

- map thethe 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 (InformationTransferCapability) into the USI prime within

the lAM;

- setthe TMR within the lAM to "64 kBit/s preferred”;

- configure the IM-MGW; and

- storethose values,

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

- apply the procedures as described within clause 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
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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?

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
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 option | APRI =
either include a APRI to "presentation to either omit "presentation
network provided restricted" or the parameter | restricted" or
E.164 number "presentation allowed" (if CgPN has "presentation
(See table 4) or (NOTE 4) been omitted) | allowed"
omit the Address (See table 5) or derive from | depending on
signals. As a network option the the "From" SIP Privacy

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

instead of the APRI

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

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

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

NOTE 2: It is possible that the P-Asserted-Identity header field includes both a tel URI and a SIP 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
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 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: TS 24.229 [9] 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].
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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]

Table 5: Mapping of P-Asserted-ldentity and privacy headers to the ISUP/BICC calling party number

header field (NOTE)

parameter
SIP Component Value BICC/ISUP Parameter / field Value
P-Asserted-ldentity E.164 number Calling Party Number

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"

Screening indicator Network Provided

the URI

Addr-spec "CC" "NDC" "SN" from | Address signal If NOA is "national

(significant) number" then
set to

"NDC" + "SN"

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

(IETF RFC 3323 [40])

Privacy header field is APRI "presentation allowed"
not present
Privacy header field priv-value APRI If the Privacy header field

contains the values "id"
(see IETF RFC 3325 [41])
and/or "header", the APRI
shall be set to
"presentation restricted".
Otherwise, the APRI shall
be set to "presentation
allowed".

operator policy, may be used.

NOTE: Itis possible that a P-Asserted —Identity header field includes both a tel URI and a SIP URI. In this
case, either the tel URI or the SIP URI with user="phone" and a specific host portion, as selected by
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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- | Generic number "additional calling party number"
spec Number Qualifier Indicator
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)"
Screening indicator "user provided not verified"

Addr-spec "CC" "NDC" + "SN" | Address signal If NOA is "national (significant)
from the URI 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 If the Privacy header field
(IETF RFC 3323 [40]) contains the value "user", the

APRI shall be set to
"presentation restricted".
Otherwise, the APRI shall be set
to "presentation allowed".

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 values (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 a validly routed call.

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.
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7.2.3.1.2.10 Progress Indicator

If the I-MGCF supportsthe 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 in table 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 isdefined in clause 3.30 of ITU-T Q.763 [4].
If the received INVITE message contains:

1) only one P-Access-Network-Info header field and the P-Access-Network-Info header contains only one access
network specific component then:

a) if an access-type field with the value "GSTN" isreceived:

i) if an access-info field with the value "gstn-location"” is present and the value "operator-specific-GI" is not
present, the I-MGCF shall include an ISUP Location Number parameter in the outgoing IAM set as
shownintable7.2.3.1.2.11.1; or

ii) asanetwork option:

- if anaccess-info field with the value " operator-specific-Gl" is present and the value "gstn-location” is
not present, the I-MGCF shall include an ISUP Location Number parameter in the outgoing IAM set
asshownintable 7.2.3.1.2.11.3; or

- if both values "gstn-location" and "operator-specific-Gl" are present, the I-M GCF shall include an
ISUP Location Number parameter in the outgoing |AM set as shown in table 7.2.3.1.2.11.1 or table
7.2.3.1.2.11.3, based on local policy; or

b) asanetwork option, if an access-type field with avalue different from than"GSTN" and an access-info field
with the value "operator-specific-Gl" are received, the 