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Abstract

The current Technical Report has reserved several sections to address call flows related to the use of SIP-I within the PLMN. Call flows should be provided to completely illustrate the use of SIP-I. 3GPP TS 23 153 and TS 23.205 provides the call flows when BICC used, the same set should be addressed with SIP-I replaces BICC as the call control protocol.

Many of the call flows illustrated in 3GPP TS 23.205 are not call control protocol specific. Instead they reference generic procedures such as “Bearer Establishment” and “Release of Bearer”. Therefore it is believed that these call flows need not be considered within the technical report. 

When the call flows may be impacted by the introduction of SIP-I based Nc, explicit examples should be provided. These call flows are limited to call establishment, call clearing, mid-call codec negotiation and a number of services.

Some call flow sections are already provided in the Technical Report. It is proposed that the Technical Report be amended with additional sections to address the SIP-I specific call flows.

Call flows described in TS 23.153 are not considered as part of this of this document.

9
Mid Call Codec Negotiation

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section is to define the mid call codec negotiation flow examples.

9.1
Network Initiated

Editor's note: The section is to define the network initiated mid call codec negotiation flow examples.

9.2 User Initiated

Editor's note: The section is to define the user initiated mid call codec negotiation flow examples.

10
Call Clearing

Editor's Note:
Changes to this Clause need to be agreed within CT4.

The terms "incoming" and "outgoing" in the following text refers to the direction of propagation of the release indication, not to the direction of original call establishment.

During call establishment, the call can be released by sending a BYE or CANCEL request in the direction of the original call establishment, or by a failure response in the opposite direction of the original call establishment. For established call, the call can be released by BYE request in the direction of the original call establishment or in the opposite direction of the original call establishment.

The term “release indication” in the following text refers to any message which is to release the call, i.e. it can be the BYE or CANCEL request, or the failure response to the initial INVITE request.

NOTE:
All message sequence charts in this clause are examples. All valid call clearing message sequences can be derived from the example message sequences and associated message pre-conditions.

10.1
Network Initiated

Editor's note: The section is to define the network initiated call clearing flow examples.

10.1.1
GMSC server

If the following release indication is received from the preceding/succeeding node, a corresponding procedure shall be performed.

1.
If the release indication is a CANCEL request from the preceding node during call establishment, the MSC server shall send a 200 OK response for the CANCEL request and a 487 Request Terminated response for the initial INVITE request to the preceding node, initiate a CANCEL request to the succeeding node, and perform the procedure described below to release the resources reserved for the call. If the GMSC receives a response for the initial INVITE request instead of a 200 OK response for the CANCEL from the succeeding node, the GMSC server shall send an ACK request to the succeeding node. If the response from the succeeding node is a successful response, GMSC server shall initiate a BYE request to the succeeding node to release the call.

2.
If the GMSC receives a CANCEL request from the preceding node after having returned a final response to the initial INVITE request, the CANCEL shall be ignored.

3.
If the release indication is a BYE request from the preceding/succeeding node, the MSC server shall send a 200 OK response for the BYE request to the preceding node, perform the procedure described below and forward the BYE request to the succeeding node.

4.
If the request message is a failure response for the initial INVITE request for an establishing call from the succeeding node, the GMSC server shall send an ACK for the failure response to the succeeding node, perform the procedure described below, and then forward the failure response to the preceding node.

In above cases, the MSC server shall perform a procedure to release seized resource: the GMSC server releases any MGW allocated resources for the incoming side and for the outgoing side. If any resources were seized in the MGW, the GMSC server shall use the Release RTP Termination procedures to indicate to the MGW to remove the incoming side bearer termination and that the bearer can be released towards the preceding MGW.

10.1.2
MSC server

Editor's note: The section is to define the MSC server initiated call clearing.
10.2
User Initiated

Editor's note: The section is to define the user initiated call clearing flow examples.
10.3
(G)MSC server Initiated

Editor's note: The section is to define the (G)MSC server initiated call clearing flow examples.

10.4
MGW Initiated

Editor's note: The section is to define the MGW initiated call clearing flow examples.

10.5
Call Clearing for Iu Interface on IP

Editor's note: The section is to define the call clearing for Iu Interface on IP flow examples
11
Handover/Relocation

Editor's Note:
Changes to this Clause need to be agreed within CT4.

11.1
UMTS to UMTS
Editor's note: The section is to define the UMTS to UMTS handover/relocation flow examples.

11.1.1
Intra-MSC SRNS/SBSS Relocation

Editor's note: The clause is to define the Intra-MSC SRNS/SBSS Relocation.

11.1.2
Basic Inter-MSC SRNS/SBSS Relocation

Editor's note: The clause is to define the Basic Inter-MSC SRNS/SBSS Relocation.

11.1.3
Subsequent Inter-MSC SRNS/SBSS Relocation back to the Anchor MSC

Editor's note: The clause is to define the Subsequent Inter-MSC SRNS/SBSS Relocation back to the Anchor MSC Relocation.

11.1.4
Subsequent Inter-MSC SRNS/SBSS Relocation to a third MSC

Editor's note: The clause is to define the Subsequent Inter-MSC SRNS/SBSS Relocation to a third MSC Relocation.

11.1.5
SRNS/SBSS Relocation with Iu on IP

Editor's note: The clause is to define the Intra-MSC SRNS/SBSS Relocation.

11.2
UMTS to GSM

Editor's note: Intra-MSC SRNS/SBSS Relocation, Basic Inter-MSC SRNS/SBSS Relocation, Subsequent Inter-MSC SRNS/SBSS Relocation back to the Anchor MSC, Subsequent Inter-MSC SRNS/SBSS Relocation to a third MSC procedures shall be defined respectively. SRNS/SBSS Relocation with Iu on IP shall also be defined.

11.3
GSM to UMTS

Editor's note: Intra-MSC SRNS/SBSS Relocation, Basic Inter-MSC SRNS/SBSS Relocation, Subsequent Inter-MSC SRNS/SBSS Relocation back to the Anchor MSC, Subsequent Inter-MSC SRNS/SBSS Relocation to a third MSC procedures shall be defined respectively. SRNS/SBSS Relocation with Iu on IP shall also be defined.

11.4
GSM to GSM

Editor's note: Intra-MSC SRNS/SBSS Relocation, Basic Inter-MSC SRNS/SBSS Relocation, Subsequent Inter-MSC SRNS/SBSS Relocation back to the Anchor MSC, Subsequent Inter-MSC SRNS/SBSS Relocation to a third MSC procedures shall be defined respectively. SRNS/SBSS Relocation with Iu on IP shall also be defined.
12
Impact to existing services

Editor's Note:
Changes to this Clause need to be agreed within CT4, unless marked differently for specific Subclauses.

Editor's note: The section is to define the interworking with existing services that are currently supported by a BICC based Nc Interface.  Additional services may be added when identified. 
12.1
Supplementary Services

Editor's note: The section is to define the impacts on supplementary services.

12.1.1
Explicit Call Transfer (ECT)

Party B is the subscriber controlling the Explicit Call Transfer Call (served mobile subscriber). Party A is the first remote called party (held party). Party C is the second remote called party. MSC-A, MSC-B and MSC-C is the MSC server served for Party A, Party B and Party C respectively.

After a call between Party A with Party B has been established successfully and Party A is held, a new call between party B with Party C is established successfully. After getting the ECT request, MSC-B initiates the ECT service procedure by changing through the connection between Party A with Party C.

For the Explicit Call Transfer in SIP-I based Nc interface, two possible approaches are considered:

1.
After receiving an ECT request from Party B UE, MSC-B sends a REFER request to MSC-A with Refer-To header with the identifier of Party C and the dialog ID with the call between Party B and Party C to request MSC-A place a new call to Party C with replace the ongoing call between Party B and Party C. Additionally, MSC-B sends ECT notifications to MSC-A and MSC-C. Figure 12.1.1 is an example service flow diagram for this approach.
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Figure 12.1.1.1: ECT service flow diagram
2.
After receiving an ECT request from Party B UE, MSC-B shall retrieve Party A from hold by using a re-INVITE request and through-connection the bearer terminations between Party A and Party C. Additionally, MSC-B sends ECT notifications to MSC-A and MSC-C using INFO requests. Figure 12.1.1.2 is an example service flow diagram for this approach.
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Figure 12.1.1.2: ECT service flow diagram

Editor's Note:
The approach for ECT service applied in a SIP-I network is FFS.

The procedures specified in 3GPP TS 23.091 [44] for the Explicit Call Transfer supplementary service shall be followed. The following clauses describe the additional requirements for the SIP based CS core network.

12.1.1.1
Connection of remote parties

If the result of the ECT checks is successful the MSC server will order the MGW to connect the bearer termination of the Party C to the bearer termination of the Party A. As a result of this action the held party will be retrieved.

If the call towards the Party C has not been answered, the MSC server requests the MGW to both-way through-connect the bearer termination towards the Party C.

12.1.1.2
IU/A-interface release

The served party is disconnected after a successful transfer request. The call towards the served mobile subscriber shall be released as described in the clause for call clearing.

12.1.1.3
Failure handling in MSC server

If the bearer terminations for the remote parties can not be connected successfully, the MSC server shall reject the ECT request.
12.2
Number Portability

Editor's note: The section is to define the impacts on Number Portability.

12.3
SCUDIF

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse possible impacts on SCUDIF compared to the current handling based upon BICC or ISUP.

SCUDIF applies a transparent transport of the Multimedia payload with a 64kbit. Therefore, the existing CLEARMODE IETF RFC 4040 [34] is well suited as user plane transport format for multimedia. If the speech service is used within SCUDIF, ordinary speech coding is applied.

There is no way to signal the use of MUME within SDP with existing IETF specifications.  Signalling extensions will be required to introduce the MUME codec into the SDP codec negotiation for call setup and support for mid-call switching between speech and multimedia modes.  The following possible encodings for the MUME codec have been proposed:

-
A revision of  the CLEARMODE IETF RFC 4040 [34] within IETF to introduce a MIME parameter to express that the CLEARMODE codec is used to transport multimedia.  If this extension is done, IETF RFC 4040 [34] could also be expanded to allow signalling within SDP of other CLEARMODE applications such as Nx64, V.120 and V.110.  Such CS data call related possible extensions are further discussed in Clause 11.5.  SCUDIF related additions could be included in a bis version of IETF RFC 4040 [34].  Older CLEARMODE terminals receiving the new MIME parameters of the CLEARMODE MIME type would ignore these parameters and may therefore not be aware of the Multimedia payload within CLEARMODE. On the one hand a multimedia call setup may then still succeed if the terminal assumes the right payload within CLEARMODE. On the other hand, the call setup would fail if the terminal assumes some wrong payload.

-
As an alternative, 3GPP could define an own RTP payload type with the same format as IETF RFC 4040 [34], but separate MIME registration. A 3GPP defined payload type would have the advantage to be available earlier, but bears the risk of a more limited support outside 3GPP, unless an interworking to explicit video codec signalling is performed at the edge of the network. Older CLEARMODE terminals not recognising the new MIME type would reject this codec, thus causing a fallback to speech.

BICC based SCUDIF is only recognized within 3GPP CS networks, but it is desirable to achieve some interoperability towards external SIP based networks.  To achieve interworking of SCUDIF towards non-3GPP networks attached to the SIP-I network a similar interworking to SIP-I as being developed for CS-to-IMS interworking of the service in TR 29.863 [45] could be used. Explicit video codecs within SDP would be offered towards the external network and an interworking node would modify the payload and interwork the inband H.245 codec negotiation with the external SIP codec negotiation. As this approach requires a costly interworking and is not required in all scenarios, it should be optional.

In another scenario, an external SIP-I network is used as a transit between two 3GPP CS domains. In this scenario, using the CLEARMODE codec avoids this interworking and guarantees maximal call success rate with minimum delay, as it allows for an end-to-end inband H.245 codec negotiation. If the Interworking node does not know the destination network of a MO call, it may offer both encoding possibilities, as discussed within TR 29.863 [45].

12.4
GTT

On the Nb interface, GTT is carried either as CTM in audio, V.18 tones in TDM, or as T.140 text within a CS multimedia bearer.  CTM is only used on Nb when the peer endpoint is known by an established convention to support CTM, since there is no way to signal its use in the network.  In IMS, GTT is carried as T.140 text according to 3GPP TS 26.235 [33].  

12.5
Impacts on Data Call Handling

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse possible impacts on data call handling compared to the current handling based upon BICC or ISUP.

The transport format of data calls in a SIP-I network at the network side of the interworking function at the A-MSC shall be in accordance with the Table 12.5 below for data calls originating in the 3GPP CS domain. 

For incoming data calls from external networks, the transport format used in the external network needs to be supported. It is expected that the transport format of many incoming calls is also as listed in Table 12.5, as this table has been derived from Table 26 in ITU-T Q.1912.5 [16], although that table is not mandated for a SIP-I network according to ITU-T Q.1912.5.

In many cases, the CLEARMODE codec, IETF RFC 4040 [34], is used as transport format.

A SIP-I 3GPP Cs Domain shall support in-band Fax/modem call via the VBD codec defined in V.152 [50]. For fax calls T.38 can be used alternatively to the VBD codec.

Table 12.5- Coding of TMR/USI/HLC from SDP: SIP to ISUP

	
	m= line
	
	b= line (NOTE 4)
	a= line
	TMR parameter
	USI parameter (optional) (NOTE 1)
	HLC parameter (optional)

	<media>
	<transport>
	<fmt-list>
	<modifier>:<bandwidth-value>


(NOTE 5)
	rtpmap:<dynamic-PT> <encoding name>/<clock rate>[/encoding parameters>
	TMR codes
	Information Transport Capability
	User Information Layer 1 Protocol Indicator
	High Layer Characteristics Identification

	audio
	RTP/AVP
	0
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	
	
	 (NOTE 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMU/8000
	"3.1KHz audio"
	
	
	 (NOTE 3)

	audio
	RTP/AVP
	8
	N/A or up to 64 kbit/s
	N/A
	"3.1KHz audio"
	
	
	(NOTE 3)

	audio
	RTP/AVP
	Dynamic PT
	N/A or up to 64 kbit/s
	rtpmap:<dynamic-PT> PCMA/8000
	"3.1KHz audio"
	
	
	(NOTE 3)

	audio
	RTP/AVP
	9
	AS: 64 kbit/s
	rtpmap:9 G722/8000
	"64 kbit/s unrestricted"
	"Unrestricted digital inf. w/tones/ann"
	
	

	audio
	RTP/AVP
	Dynamic PT
	AS: 64 kbit/s
	rtpmap:<dynamic-PT> CLEARMODE/8000

(NOTE 2)
	"64 kbit/s unrestricted"
	"Unrestricted digital information"
	
	

	image
	udptl
	t38
	N/A or up to 64 kbit/s
	Based on T.38 [28]
	"3.1 KHz audio"
	
	
	

	image
	tcptl
	t38
	N/A or up to 64 kbit/s
	Based on T.38 [28]
	"3.1 KHz audio"
	
	
	

	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 [34].

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 
If the b=line indicates a bandwidth greater than 64kbit/s then the call may use compression techniques or reject the call with a 415 response indicating that only one media stream of 64kbit/s is supported.

NOTE 5
<bandwidth value> for <modifier> of AS is in units of kbit/s.


According to the current principles in 3GPP specification TS 23.202 [47] and TS 29.007 [48], a data call is identified using the ISUP TMR and USI parameters. Information elements derived from these parameters are also applied in MAP and in signalling towards the UE. To keep impacts to existing implementations minimal, it is desirable that the TMR and USI parameters in the encapsulated ISUP are also used in SIP-I based CS domain to identify data calls. 

In addition or as an alternative, the CLEARMODE codec could be extended to allow signalling within SDP of other CLEARMODE applications such as Nx64, V.120 and V.110. However, such an extension is currently not used in external SIP-I network and therefore may lead to interworking problems. 

In some scenarios, the incoming TMR/USI information is not sufficient to identify a MT data call and signalling interactions with the terminating UE are then used to determine the type of the data call. To enable such interactions, it is beneficial if several formats, e.g. a speech codec plus CLEARMODE, are offered by the originating side within SDP. The VBD and/or the T.38 codec should also be offered  both if the call is known to be a fax/modem call or when it cannot be determined from the signalling if the call is a fax/modem or a speech call, for example in case of calls of PSTN origin.

Editor´s Note: It is FFS if the terminating side could select G.711 as transport format for data calls if no other suitable format has been offered.

Editor´s Note: Interactions between TMR/USI information in the encapsulated ISUP and the SDP codec negotiation as described in the present specification require further description.

The transport format of many data calls is modified by the interworking function. At the access side of the interworking function, a 3GPP CS Domain core network connection may be encountered after an inter-MSC handover.
Editor´s Note: The core network transport format at the access side of he interworking function is FFS, e.g. for non transparent facsimile group 3 calls according to 3GPP TS 23.146 [49].

12.6
Support of DTMF

SIP-I does not include a method of signalling DTMF events in the manner provided by BICC.  Instead SIP-I uses the mechanism provided in draft-ietf-avt-rfc2833bis-15 [35] to signal DTMF events within the bearer plane.  

When interfacing to the PLMN using ISUP, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW can generate the DTMF tones in-band within the bearer plane to the PLMN.  When interfacing to a SIP-I network, the MSC receiving DTMF events from a mobile station signals those events to its MGW so that the MGW shall signal the DTMF digits in the bearer plane as telephone-events according to draft-ietf-avt-rfc2833bis-15 [35].

When interworking DTMF telephone-events received from a SIP-I network to BICC, the MGW shall detect the DTMF events in the bearer plane and indicate them to its controller for carriage in the BICC signalling plane.  When interworking DTMF events received from a BICC network to SIP-I, the MGW controller shall signal DTMF events received in the signalling plane to its MGW for transmission in the bearer plane towards the SIP-I network.

When interworking to a SIP-I network, in-band DTMF received in the bearer plane from a BICC or ISUP network may optionally be detected at an MGW and translated to the corresponding telephone-events for carriage in the bearer plane of the SIP-I network.

Editor's Note:
When receiving in-band DTMF from a BICC or ISUP network towards a SIP-I network, it is for further study if the MGW is always required to detect the DTMF tones and translate them to the corresponding telephone-events.
12.7
Impacts on Call Deflection Service
Editor's note:
The section is to analyse possible impacts on Call Deflect service handling compared to the current handling based upon BICC or ISUP.
12.8
Impacts on Call Forwarding Services
Editor's note:
The section is to analyse possible impacts on Call Forwarding services handling compared to the current handling based upon BICC or ISUP.
12.9
Impacts on Call Hold
Editor's note:
The section is to analyse possible impacts on Call Hold handling compared to the current handling based upon BICC or ISUP.
12.10
Impacts on GSM Fax
Editor's note:
The section is to analyse possible impacts on GSM Fax handling compared to the current handling based upon BICC or ISUP.
12.11
Impacts on Bearer Redirection
Editor's note:
The section is to analyse possible impacts on Bearer Redirection handling compared to the current handling based upon BICC or ISUP.
13
Interworking between SIP-I based 3GPP CS Domain and BICC based 3GPP CS Domain 

Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse the interworking between a SIP-I based 3GPP CS Domain or subnet within a CS Domain and a BICC based 3GPP CS Domain or subnet within a CS Domain.

3GPP currently standardises the interworking between 3GPP CS domain with BICC or ISUP as signalling protocol and external SIP-I networks in TS 29.164 [46]. It is expected that similar procedures are applicable for the Interworking between a SIP-I based 3GPP CS Domain and BICC based 3GPP CS Domain. The scope of TS 29.164 could be extended to cover also this scenario.

Technical differences could arise if SIP-I was applied in a different manner on the Nc interface and within external networks. To limit such differences, it is desirable to allow for a similar usage of SIP-I on the Nc interface as within external networks.

Editor's note:
Any specific technical issues related to the interworking between SIP-I based CS Domain and a BICC based CS Domain compared to the interworking between an external SIP-I network and a BICC based CS Domain are to be described in this Clause.

14
Interworking between SIP-I based 3GPP CS Domain and 3GPP IP Multimedia Subsystem
Editor's Note:
Changes to this Clause need to be agreed within CT3.

Editor's note:
The section is to analyse the interworking between a SIP-I based 3GPP CS Domain and the 3GPP IP Multimedia Subsystem (IMS).

15
Impacts to Messages/Procedures and their contents

Editor's Note:
Changes to this Clause need to be agreed within CT4.

Editor's note: The section contains the detailed description of the impacted information flows used in when implementing an SIP-I based Nc interface.

15.1
Impacts to Messages between (G)MSC servers

Editor's note: The section contains the detailed description of the impacted information flows between (G)MSC servers when implementing a SIP-I based Nc interface.

15.2
Impacts to Procedures between (G)MSC server and MGW

Editor's note: The section contains the detailed description of the impacted information flows between the (G)MSC-S and the MGW servers when implementing a SIP-I based Nc interface.
The procedures in Table 15.2 are defined for the purpose of the (G)MSC-S interaction with MGW in the SIP-I based CS network.

Table 15.2: Procedures used between (G)MSC-S and MGW in the SIP-I based CS network

	Procedure Name
	Procedure Description
	Corresponding Procedure

	Reserve RTP Connection Point
	This procedure is used to reserve local connection addresses and local resources.
	Reserve IMS connection point in the Mn interface as defined in TS 29.332 [20].

	Configure RTP Resources
	This procedure is used to select media-processing resources for a Nb interface connection.
	Configure IMS resources in the Mn interface as defined in TS 29.332 [20]..

	Reserve RTP Connection Point and Configure Remote Resources
	This procedure is used to reserve media-processing resources for an Nb interface connection.
	Reserve IMS Connection point and configure remote resources in the Mn interface as defined in TS 29.332 [20].

	Release RTP Termination
	This procedure is used by the (G)MSC-S to release a termination towards the remote MGW and free all related resources.
	Release IMS termination in the Mn interface as defined in TS 29.332 [20].

	Detect RTP Tel Event
	This procedure is used by the (G)MSC-S to request the MGW the detection of telephony events signalled within RTP according to RFC 2833bis [35] and the notification of received telephony events.
	Detect IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Notify RTP Tel Event
	This procedure is used by the MGW to notify the (G)MSC-S about the detection of telephony events signalled within RTP according to RFC 2833bis [35].
	Notify IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Send RTP Tel Event
	This procedure is used by the (G)MSC-S to request from the MGW to signal a telephone event within RTP according to RFC 2833bis [35].
	Send IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Stop RTP Tel Event
	This procedure is used by the (G)MSC-S to request the MGW to stop signalling a telephone event within RTP according to RFC 2833bis [35].
	Stop IMS RTP Tel event in the Mn interface as defined in TS 29.332 [20].

	Bearer Released
	This procedure is used by the MGW to indicate towards the (G)MSC-S that an error occured on an termination which requires the release of the termination.
	IMS Bearer Released in the Mn interface as defined in TS 29.332 [20].

	Change RTP Through-Connection
	This procedure is used by the (G)MSC-S to request the MGW to through connect the terminations.
	Change IMS ThroughConnection in the Mn interface as defined in TS 29.332 [20].

	Send RTP Tone
	This procedure is used by the (G)MSC-S to request the MGW to send tone.
	IMS Send  Tone in the Mn interface as defined in TS 29.332 [20].

	Stop RTP Tone
	This procedure is used by the (G)MSC-S to request the MGW to stop tone.
	IMS Stop Tone in the Mn interface as defined in TS 29.332 [20].

	RTP Tone Completed
	This procedure is used by the MGW to indicate the (G)MSC-S that a tone has finished being generated at a termination.
	IMS Tone Completed in the Mn interface as defined in TS 29.332 [20].
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200 OK







ACK







200 OK [SDP]







INFO [FAC]







INFO [FAC]







MSC-B orders the MGW to through-connect the bearer terminations to Party A and to Party C







Party A is held







A call between Party A and Party B has been established







MSC-C







GMSC/BC







re-INVITE [CPG, SDP] 







ECT Acknowledge to Party B UE











A call between Party B and Party C is established







ECT request from Party B UE
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GMSC/AB












