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1 Introduction

The paper proposes to move the basic Call Establishment procedure in SIP-I based CS network from TR 29.802 v7.0.0 to TS 23.231 v0.0.0 as the basis of the work.
2 Proposal

It is proposed to update the following text into the TS 23.231 v0.0.0.
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6
Call Establishment

Editor's Note:  This section will include the related Call Establishment procedures and call flows for a SIP-I based Nc Interface within the CS core network.  Input from 3GPP TR 29.802 will be used as a basis for this work.  Where there are no changes required for utilising the SIP-I based Nc interface, direct reference to 3GPP TS 23.205 shall be made.

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

6.1
Basic Mobile Originating Call

6.1.1
Basic Mobile Originating Call Establishment

The mobile originating call shall be established in accordance with 3GPP TS 23.108 [aa]. The following clauses describe the additional requirements for the CS core network. The Offer/Answer Model with the Session Description Protocol (SDP) and Codec Negotiation principle shall be applied for SDP exchange and media negotiation with IETF RFC 3264 [cc].
6.1.1.1
MGW selection

The MSC server shall select an MGW for the bearer connection before it performs the access bearer assignment or the network side connection point reservation. This shall happen before sending the INVITE message.

6.1.1.2
Initial INVITE message

The MSC server shall send the initial INVITE message after getting the bearer characteristics and the bearer address, before or after the access bearer assignment is completed. The MSC server provides the bearer characteristics and the bearer address to the succeeding node in the SDP of the initial INVITE message. The initial INVITE message shall encapsulate the IAM message. If the access bearer assignment has not been completed, the MSC server shall indicate that the local precondition has not been met.

6.1.1.3
Network side bearer establishment

The MSC server shall either select bearer characteristics or request the MGW to select and provide the bearer characteristics for the network side bearer connection before sending the INVITE message. The MSC server shall use the Reserve RTP Connection Point procedure (bullet 1 in figure vv). Within this procedure, the MSC server shall indicate the local codec(s) and request a local IP address and UDP port from the MGW. The local IP address and UDP port are used by the MGW to receive user plane data from the succeeding MGW.

The MGW shall reply to the MSC server with the selected local codec(s) and the selected local IP address and UDP port.

The MSC server shall send this information in the INVITE (bullet 2 in figure vv) to the succeeding node.

After the succeeding node has provided the SDP answer, the MSC server uses the Configure RTP Resources to request the MGW to configure the bearer (bullet 3 in figure vv).

6.1.1.4
Access bearer assignment

The access bearer assignment is defined in the clause 6.1.1.4 of 3GPP TS 23.205 [7].

6.1.1.5
Through-Connection

During any one of the Prepare Bearer and Reserve Circuit procedures, the MSC server will use the Configure RTP Connection Point procedure to request the MGW to configure the bearer terminations so that the bearer will be bidirectional through-connected (bullet 3 and bullet 4 or 5 in figure vv).
When the MSC server receives the answer indication, it requests the MGW to both-way through-connect the bearer using the Change Through-Connection procedure (bullet 8 in figure vv).

6.1.1.6
Confirmation of bearer establishment

If the initial INVITE message which was sent to the succeeding node indicated that the local precondition has not been met, the MSC server sends the UPDATE message with local precondition is met when the access bearer assignment has been completed (bullet 6 in figure vv).

6.1.1.7
Interworking function

Editor's Note:
The Interworking function is FFS.
6.1.1.8
Codec handling

The MGW may include a speech transcoder based upon the speech coding information provided to each bearer termination.

6.1.1.9
Voice Processing function

Editor's Note:
The Voice Processing function is FFS.
6.1.1.10
Failure handling in MSC server

Editor's Note:
The Failure handling in MSC server is FFS.
6.1.1.11
Example

Figure uu shows the network model for the mobile originating call. The "squared" line represents the call control signalling. The "dotted" line represents the bearer control signalling (not applicable in A/Gb mode for the A-interface) and the bearer. The MSC server seizes one context with two terminations in the MGW. The bearer termination T1 is used for the bearer towards the RNC/BSC and the bearer termination T2 is used for the bearer towards the succeeding MGW.
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Figure uu: Basic Mobile Originating Call (network model)
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Figure vv/1: Basic Mobile Originating Call with early originating access bearer assignment (message sequence chart).
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Figure vv/2: Basic Mobile Originating Call with early originating access bearer assignment (message sequence chart).

6.1.2
Originating Call Establishment For Iu Interface on IP

If IuCS on IP is supported by the MSC server, the Core Network side procedures described in 6.1.1 shall apply. For the access side termination, the exchange of IP addresses via call control procedures defined in the clause 6.1.3 of 3GPP TS 23.205 [7] shall apply.

If the bearer transport is IP and IuUP mode is Support, the MGW shall use the source IP address and UDP Port of the IuUP Init packet received from the radio access network as the destination address for subsequent downlink packets.

The sequence is shown in Figure ww.


[image: image4.wmf] 

RNC/BSC

 

UE

 

MGW

 

MSC

-

S

 

SETUP

 

CALL PROCEEDING

 

Add.resp (T2)

 

Add.req ($)

 

Context (

$)

 

Context (C1)

 

Add.resp (T1)

 

Add.req ($)

 

Context (C1)

 

Context 

(C1)

 

RAB_ASSIGNMENT_REQ 

 

RAB_ASSIGNMENT_

COMPL

 

 

Bearer

 Establishment and Iu UP Initialization

 

Prepare IP Transport +

 

Change 

RTP 

Through

-

Connection

 

Reserve RTP Connection Point +

 

Change RTP Through

-

Connection

 

INVITE [SDP, IAM]

 

183 Progress [SDP]

 

PRACK

 

200 OK 

-

 PRACK

 

1

 

4

 

Mod.resp (T2)

 

Mod.req (T2)

 

Context (C1)

 

Context (C1)

 

Configure

 RTP 

Resources

 

2

 

5

 

UPDATE [SDP]

 

200 OK 

–

 UPDATE [SDP]

 

3

 


Figure ww: Call Establishment for Iu on IP

6.2
Basic Mobile Terminating Call

6.2.1
Basic Mobile Terminating Call Establishment

6.2.1.1
GMSC server

Editor's Note:
Mobile terminating calls without MGW allocated by the GMSC is FFS.

6.2.1.1.1
MGW selection

The GMSC server shall select an MGW for the bearer connection before it performs the incoming side bearer establishment or the outgoing side bearer establishment. This shall happen before sending the initial INVITE message.

6.2.1.1.2
Initial INVITE message

The GMSC shall provide the bearer characteristics and the bearer address for the outgoing side bearer connection to the succeeding node in the SDP of the INVITE message.

6.2.1.1.3
Outgoing side bearer establishment

The GMSC server shall select bearer characteristics for the outgoing side bearer connection before it performs the Reserve RTP Connection Point procedure. After the succeeding node has provided a bearer address in SDP of a response message the MSC server uses the Configure RTP Resources procedure to request the MGW to configure the bearer towards the destination MGW. The MSC server provides the MGW with the bearer address and the bearer characteristics.

6.2.1.1.4
Incoming side bearer establishment

The GMSC server shall request the MGW to prepare for the incoming side bearer establishment using the Reserve RTP Connection Point procedure. The GMSC server requests the MGW to provide a bearer address and the bearer characteristics. The GMSC server also provides the MGW with the bearer characteristics that was received from the preceding node in the INVITE message. After the MGW has replied with the bearer address and the bearer characteristics, the GMSC server shall send a SDP answer with the bearer address and the bearer characteristics to the preceding node.

NOTE:
The incoming side bearer establishment may take place either before or after HLR interrogation.

6.2.1.1.5
Through-Connection

During the Reserve RTP Connection Point and Configure RTP Resources procedures, the GMSC server will use the Change RTP Through-Connection procedure to request the MGW to both-way through-connect the bearer termination the GMSC server selects an MGW for the bearer connection.

6.2.1.1.6
Confirmation of bearer establishment

Editor's Note:
Handling of precondition by the GMSC is FFS.
6.2.1.1.7
Voice Processing function

Editor's Note:
The Voice Processing function is FFS.
6.2.1.1.8
Failure handling in GMSC server

Editor's Note:
The Failure handling in MSC server is FFS.
6.2.1.2
MSC server

6.2.1.2.1
Paging

The Paging is defined in the clause 6.1.1.4 of 3GPP TS 23.205 [7].

6.2.1.2.2
Call setup

The MSC server indicates to the UE in the SETUP message that early access bearer assignment is used in order to establish the bearer end-to-end before the UE starts alerting. The MSC server indicates to the UE in SETUP message that early access bearer assignment is used if the INVITE message indicates the remote pre-condition has not been met or a notification of successful bearer establishment in the network side has not been received from the MGW before sending the SETUP message (bullet 3 in figure yy/1).

6.2.1.2.3
MGW selection

The MSC server shall select an MGW for the bearer connection before it performs the network side bearer establishment or the access bearer assignment. This happens at latest after the UE has sent the Call Confirmed message. For GSM, if performing Service based handover (see 3GPP TS 48.008 [bb]) the MSC Server may omit MGW selection at this time.
6.2.1.2.4
Network side bearer establishment

The MSC server requests the MGW to prepare for the network side bearer establishment using the Reserve RTP Connection Point and Configure RTP Resources procedure. The MSC server requests the MGW to provide a bearer address and to notify when the bearer is established (bullet 4 in figure yy/1). The MSC server also provides the MGW with the bearer characteristics that was received from the preceding node in the INVITE. After the MGW has replied with the bearer address, the MSC server also sends a 183 Progress response with the bearer address and the binding reference to the preceding node.
6.2.1.2.5
Access bearer assignment

The access bearer assignment may be started when the remote pre-condition has been met and the notification of successful bearer establishment in the network side has been received from the MGW.

The access bearer assignment is defined in the clause 6.2.1.2.5 of 3GPP TS 23.205 [7].
6.2.1.2.6
Framing protocol initialisation

There is no specific framing protocol initialisation requirement in SIP-I based CS network.

6.2.1.2.7
Called party alerting 

For a speech call, when the MSC server receives an Alerting message, it requests the MGW to provide a ringing tone to the calling party using the Send RTP Tone procedure (bullet 10 in figure yy/1).

NOTE:
Other kind of tones may be provided to the calling party at an earlier stage of the call establishment.
6.2.1.2.8
Called party answer

For a speech call, when the MSC server receives a Connect message, it requests the MGW to stop providing the ringing tone to the calling party using the Stop RTP Tone procedure (bullet 12 in figure yy/2).

6.2.1.2.9
Through-Connection

During the Reserve RTP Connection Point, Prepare Bearer and Reserve Circuit procedures, the MSC server will use the Change RTP Through-Connection procedure to request the MGW to through-connect the bearer terminations so that the bearer will be not through connected (bullet 4, and bullet 8 or 9 in figure yy).

When the MSC server receives the Connect message, it requests the MGW to both-way through-connect the bearer using the Change RTP Through-Connection procedure (bullet 12 in figure yy/2).
6.2.1.2.10
Interworking function

Editor's Note:
The Interworking Function is FFS.
6.2.1.2.11
Codec handling

Editor's Note:
Codec handling in MSC server is FFS.
6.2.1.2.12
Voice Processing function

Editor's Note:
The Voice Processing Function is FFS.
6.2.1.2.13
Failure handling in MSC server

Editor's Note:
The Failure handling in MSC server is FFS.
6.2.1.2.14
Example - the GMSC selects a MGW

Figure xx shows the network model for the basic mobile terminating call. The "squared" line represents the call control signalling. The "dotted" line represents the bearer control signalling (not applicable in A/Gb mode for the A-interface) and the bearer. The MSC server seizes one context with two bearer terminations in MGWb. The bearer termination T1 is used for the bearer towards the RNC/BSC and the bearer termination T2 is used for the bearer towards the GMSC server selected MGWa. The GMSC server seizes one context with two bearer terminations in MGWa. The bearer termination T3 is used for the bearer towards the MSC server selected MGWb and the bearer termination T4 is used for the bearer towards the preceding MGW.
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Figure xx: Basic Mobile Terminating Call Forward Bearer Establishment (network model)

Figure yy shows the message sequence example for the basic mobile terminating call. In the example the GMSC server requests seizure of the outgoing side bearer termination and establishment of the bearer when the Bearer Information message is received from the MSC server. After the outgoing side bearer termination is seized the GMSC server requests seizure of the incoming side bearer termination. The MGW sends a notification of an established incoming side bearer. The MSC server requests seizure of the network side bearer termination when Call Confirmed message is received from the UE. The MGW sends a notification of an established network side bearer. The MSC server requests seizure of the access side bearer termination. For a speech call the MSC server requests MGW to provide a ringing tone to the calling party at alerting. At answer the MSC server requests MGW to both-way through-connect the bearer. For a speech call the MSC server requests MGW to stop the ringing tone to the calling party at answer. When the MSC server receives an answer indication, it shall request the possible activation of the interworking function in both bearer terminations. The (G)MSC server shall request the possible activation of the voice processing functions for the bearer terminations.
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Figure yy/1: Basic Mobile Terminating Call, GMSC selects a MGW (message sequence chart)
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Figure yy/2: Basic Mobile Terminating Call, GMSC selects a MGW (message sequence chart continue)

6.2.2
Terminating Call Establishment For Iu Interface on IP

If IuCS on IP is supported by the MSC server, the Core Network side procedures described in Clause 6.2.1 shall apply. For the access side termination, the exchange of IP addresses via call control procedures defined in the Clause 6.2.3 of 3GPP TS 23.205 [7] shall apply.

If the bearer transport is IP and IuUP mode is Support, the MGW shall use the source IP address and UDP Port of the IuUP Init packet received from the radio access network as the destination address for subsequent downlink packets.

The sequence is shown in Figure zz.
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Figure zz: Call Establishment for Iu on IP
