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Introduction

This document provides the proposed text for interworking DTMF with external SIP-I networks.
Proposal

The proposed changes are intended to be included in SIP-I Interworking specification TS 29.235.
Proposed Changes to TS 29.235
4
Interworking between a SIP-I based circuit-switched core network and an external SIP-I based network

4.1
Reference Model

Figure 4.1.1 shows the interworking reference model for the interworking between a SIP-I based circuit-switched core network and an external SIP-I based network:
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Figure 4.1.1: interworking reference model

The IWU provides the control plane interworking between the external network and the SIP-I based circuit-switched core network. The IWU is a logical function within the GMSC Server (for incoming calls) and the MSC Server (for outgoing calls) that may reside with other 3GPP logical functions.

The user plane interworking is provided by the UP-IWU. The UP-IWU is a logical function within the MGW.
Editor's Note: It is FFS if certain call cases may exist where the MGW logical function may be bypassed.

4.2
Signalling Interworking of a Call from the external SIP-I based network towards the SIP-I based circuit-switched core network
4.2.1 
Interworking of SIP-I messages received from external SIP-I network

The I-IWU shall decapsulate the ISUP message from the received SIP message according to the rules for Profile C in ITU-T Q.1912.5 [6].

The resulting ISUP message shall be encapsulated into the SIP message.  The selected SIP Header fields relating to the handling of the ISUP body shall be set as specified in Clause 5.4.1.2 of ITU-T Q-1912-5 [6]. The I-IWU sends the constructed SIP INVITE request to the succeeding 3GPP node.
4.2.2 
Special Procedures for the reception of initial SIP INVITE requests

4.2.2.1 Receipt of SIP INVITE request 

If the initial SIP-I INVITE request does not provide a complete number, then the I-IWU shall collect all digits required to to identify the called subscriber in subsequent SIP INVITE requests as specified for Profile C in Q.1912.5 [6]. The I​IWU shall not apply the propagation of overlap signaling as described for Profile C in Q.1912.5 [6].

The I-IWU shall trigger GMSC functions after having constructed the ISUP message, as described in 4.2.1 above. The GMSC interrogates the HLR to get a roaming number (MSRN). The Called Party Number in the ISUP IAM message is changed by the GMSC function to the MSRN. The I-IWU shall include the MSRN into the Request-URI as the new target.

4.2.2.1 
Receipt of SIP INVITE requests with SDP

Based on configuration the I-IWU may choose to transcode media. If the I-IWU transcodes, it should set the TMR/USI/HLC parameters according to the codec chosen for the CS Domain. Otherwise it should provide the TMR/USI/HLC parameters as received on the incoming side. 
Editor's note: The setting of TMR/USI/HLC when transcoding is performed is for further study

.4.2.2.2 
Receipt of SIP INVITE request without SDP

An IWU may reject receipt of SIP INVITE requests without SDP offer. Otherwise the rules of section 4.2.2.1 apply with the following deviations:
The I‑IWU shall construct an SDP offer with contents according to local policy, e.g. SDP for a G711 speech call. The IWU may use the TMR and USI parameters of the encapsulated IAM to determine the desired service and construct the SDP offer accordingly. The I-IWU may then send to the succeeding 3GPP node the SIP INVITE request with the constructed SDP offer and encapsulated IAM.

If reliable provisional responses (see IETF RFC 3262 [21]) are supported in the external SIP-I network, the I‑IWU may immediately send the SDP offer within a 183 Session Progress message to the preceding node. When the I-IWU receives the SDP answer then the I‑IWU should send to the succeeding 3GPP node the SIP INVITE request with an encapsulated IAM message. Otherwise, the I-IWU perform in accordance with the paragraph above.
4.2.3 
Interworking of SIP-I messages received from succeeding 3GPP node

Whenever the I‑IWU receives from the succeeding 3GPP node a SIP message with an encapsulated CON, ACM, CPG, ANM, SUS, RES message then the I-IWU sends the SIP message in accordance with rules in accordance with Q.1912.5 [6] to the external SIP-I network and the encapsulated ISUP message shall not be modified.

Editor's Note: Handling of encapsulated ISUP messages within SIP messages which can’t be forwarded are FFS.

4.2.4 

Special Procedures for Profile Interworking

4.2.4.1 
Support of 100Rel

The I-IWU receiving a SIP INVITE with or without tag "100Rel" in the SUPPORTED or the REQUIRED header from the external SIP-I network shall advertise its preference of provisional reliable responses to the succeeding 3GPP node via a SUPPORTED header in the initial SIP INVITE request.

As an option the I-IWU may considers a received SIP INVITE request without "100Rel" as erroneous and rejects the INVITE request with a 421 "Extension Required" response.
Editor Note:
The option to forward a SIP INVITE request to the succeeding 3GPP node with or without tag "100Rel", if the external network does not support reliable provisional responses, is FFS.
4.2.4.2 
Support for UPDATE method

The I-IWU receiving a SIP INVITE with or without the UPDATE method included in the ALLOW header shall advertise its support for the UPDATE method to the succeeding 3GPP node by listing the UPDATE method in the ALLOW header field.

As an option the I-IWU may considers a received SIP INVITE request without listing UPDATE in the ALLOW header field as erroneous and rejects the INVITE request with a 421 "Extension Required" response.
Editor's Note:
The option to forward a SIP INVITE request to the succeeding 3GPP node without indicating support of the UPDATE method, if the external network does not support the UPDTE method, is FFS.
4.2.4.3 
Support for Preconditions

When the incoming SIP INVITE request indicates that remote preconditions are met and local preconditions are met then the I-IWU may either not include the tag "precondition" and exclude appropriate SDP lines, or include the tag "preconditions" in the SUPPORTED header and provide an SDP offer indicating that preconditions are met. 

When the incoming SIP INVITE request does not contain a "precondition" tag the I-IWU shall assume the preconditions have been met within the external SIP-I network. If local preconditions are met then the I-IWU may either not include the tag "precondition" and exclude appropriate SDP lines, or include the tag "precondition" in the SUPPORTED header and provide an SDP offer indicating that preconditions are met.

When the incoming SIP INVITE request indicates that remote preconditions are not met or when local preconditions are not met then the IWU shall include the tag "precondition" in the REQUIRE header or SUPPORTED header in the SIP INVITE request and shall encode preconditions in the SDP offer that the related local preconditions for QoS are not met, using the segmented status type, as defined in IETF RFC 3312 [23] and IETF RFC 4032 [24], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segement when sending the message to the succeeding 3GPP node. Or the I-IWU may defer forwarding the SIP INVITE request until remote local preconditions are met.

When the incoming SIP INVITE request indicates that preconditions have not been met and the I-IWU will not include a MGW the SDP with preconditions information shall be transited unchanged and the “precondition” tag shall be transited in the same header as received.
NOTE 1:
The use of the SUPPORTED header is a deviation from IETF RFC 3312 [23] when the strength-tag contains a "mandatory" value.  

Editor’s Note: An alignment is needed with TS 29.231 if or if not IETF RFC 4032 [24] shall be endorsed.
NOTE 2:
The support of preconditions is mandated at the Nc interface. Therefore a response without "precondition" can be considered as erroneous if preconditions were not met. 
NOTE 3:
The setting of the "Continuity Check Indicator" in the "Nature of Connection Indicators" parameter within the encapsulated IAM by the I-IWU is of no significance. The value is ignored by the succeeding 3GPP node. 
4.3
Signalling Interworking of a Call from SIP-I based circuit-switched core network towards the external SIP-I based network

4.3.1 
Interworking of SIP-I messages received from preceding 3GPP node

An O-IWU receiving SIP messages with encapsulated ISUP information shall apply any interworking procedures detailed for Profile C in Q-1912-5 [6] affecting parameters within the ISUP, and then proceed to encapsulate any ISUP information received (with the exception of the excluded messages detailed in 5.4.3 of ITU-T Q.1912.5 [6]) in a SIP message in a MIME body according to IETF RFC 3204 [19]. The selected SIP Header fields relating to the handling of the ISUP body shall be set as specified in ITU-T Q.1912.5 [6].
4.3.2 
Special Procedures for the reception of SIP INVITE requests

The O-IWU shall decapsulate the ISUP message. The O-IWU forwards the ISUP information to the “IW-MSC” functions, which may result in a modified ISUP message. 

Based on configuration the O-IWU may choose to transcode media. If the O-IWU transcodes, it should set the TMR/USI/HLC parameters according to the codec applied in the SIP-I network. Otherwise, it should provide the TMR/USI/HLC parameters as received in the encapsulated IAM.

The O-IWU shall proceed to encapsulate the ISUP message into the SIP-INVITE request. The request URI shall be aligned with the called party number.

4.3.3 
Special Procedures for Profile Interworking

4.3.3.1 
Support of 100Rel

An O-IWU shall consider an initial SIP INVITE request without the tag "100Rel" in the SUPPORTED header or REQUIRED header received from the preceding 3GPP node as erroneous and shall reject the call accordingly.

An O-IWU sending a SIP INVITE request towards the external SIP-I network shall advertise its preference of provisional reliable responses via a SUPPORTED header containing the tag "100Rel". 

If an O-IWU receives a provisional 101-199 response from the external SIP-I network with a REQUIRE header present with tag "100rel" then it shall include the tag "100Rel" into the REQUIRE header when the O-IWU propagates the response to the preceding 3GPP node.
If an O-IWU receives from the external SIP-I network a provisional 101-199 response without tag "100rel" in the REQUIRE header then the O-IWU shall 

-
either includes the tag "100Rel" into the REQUIRE header when it forwards the response to the preceding 3GPP node, 

-
or consider the response as erroneous and reject the call accordingly.
Editor's Note:
The option to forward the response to the preceding 3GPP node without tag "100Rel", if the external network does not support reliable provisional responses, is FFS.
4.3.3.2 
Support for UPDATE method

An O-IWU sending a SIP INVITE towards the external SIP-I network shall advertise its support of the UPDATE method via the ALLOW header listing the UPDATE method.

The O-IWU receiving a response to a SIP INVITE request is allowed to generate the UPDATE method towards the external network if an ALLOW header is present listing the UPDATE method. Otherwise the O-IWU is not allowed to generate UPDATE requests towards the external SIP-I network and one of the following options applies:

-
The O-IWU shall return the response to the preceding 3GPP node containing an ALLOW header listing the UPDATE method.
-
The O-IWU shall consider the response received from the external network as erroneous and reject the call accordingly.

Editor's Note:
The option to forward the response to the preceding 3GPP node without UPDATE in the ALLOW header field, if the external network does not support the UPDATE method, is FFS.
4.3.3.3 
Support for Preconditions

When the incoming SIP INVITE request indicates that preconditions have not been met or when local preconditions are not met, the O-IWU shall use one of the following options:

a)
The O-IWU shall send a SIP INVITE request to a succeeding external SIP-I network and include the tag "precondition" in the SUPPORTED header. The IWU shall encode preconditions in the SDP offer indicating that the related local preconditions for QoS are not met, using the segmented status type, as defined in IETF RFC 3312 [23] and IETF RFC 4032 [24] , as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment. The "precondition" tag shall be included in the SUPPORTED header. The O-IWU shall encapsulate the IAM message into the SIP INVITE request and should insert "continuity check not required" as the value of the Continuity check indicator within the Nature of Connection Indicators parameter in order to avoid that an external node, which does not support preconditions, is waiting for a COT message when the O-IWU is not able to send the COT message. 
NOTE 1: 
Such an external node is not compliant to ITU-T Q.1912.5 [6].

NOTE 2:
The use of the SUPPORTED header is a deviation from IETF RFC 3312 [23] when a “mandatory” strength-tag is used.  

Editor’s Note: An alignment is needed with TS 29.231 if or if not IETF RFC 4032 [24] shall be endorsed.

The subsequent action depends on whether the response indicates support of preconditions:

i)
If the O-IWU receives from the external SIP-I network a provisional 101-199 response with a REQUIRE  header or SUPPORTED header containing tag "precondition", then the O-IWU shall progress the call and when preconditions are met it shall send an UPDATE message or PRACK message indicating that preconditions met. Preconditions are met when local preconditions are met and, if the incoming SIP INVITE request indicated that preconditions have not been, the O-IWU has received an indication from the preceding 3GPP node that the preconditions are met.

ii)
If the O-IWU receives from the external SIP-I network a provisional 101-199 response without a REQUIRE  header or SUPPORTED header containing tag "precondition" and if a provisional response or successful final response carrying an encapsulated ISUP is received from external SIP-I network prior to preconditions being met, then these responses shall be queued. Once preconditions are met, the queued responses shall be propagated to the preceding 3GPP node.
If the O-IWU receives from the external network a failure response, then this one shall immediately be forwarded to the preceding 3GPP node.

Editor’s note: A possible merge of an ACM and ANS into a single CON is FFS.

Editor’s note: Forwarding the response to the 3GPP network without the addition of the "precondition" tag in a SUPPORTED or REQUIRE header and without precondition information in the SDP is FFS.  


If the response carrying an encapsulated ISUP message is the first response carrying an SDP answer then the O-IWU shall generated an 183 Progress with the SDP answer and send it to the preceding node. The O-IWU shall not encapsulate an ISUP message into the 183 Progress.

b)
Before sending the INVITE request to the external network the O-IWU shall wait until local preconditions are met and, if the incoming SIP INVITE request indicated that preconditions have not been met, it has received an indication from the preceding 3GPP node that the preconditions are met. 

The initial INVITE request to the external SIP-I network may include a precondition tag in SUPPORTED header and indicate that preconditions have been met.
When the incoming SIP INVITE request indicates that precondition are met and local preconditions are met, the O-IWU shall set up the session and may include a precondition tag in the SUPPORTED header and indicate that preconditions have been met.
When the incoming SIP INVITE request indicates that preconditions have not been met and the O-IWU will not include a MGW the SDP with preconditions information shall be transited unchanged and the "precondition" tag shall be transited in the same header as received.
4.4
Signalling Interworking applicable for all Calls between an external SIP-I based network and a SIP-I based circuit-switched core network
4.4.1
DTMF Interworking

4.4.1.1
General
DTMF signalling via the RTP Telephony Event (RTP Telephony Event) is mandated to be supported over the Nb interface for SIP-I based Circuit Switched Core Network on Nc Interface, see 3GPP TS 23.231 [3]. 
NOTE 1: 
According to TS 23.231 it is an option to choose either the RTP Telephony Event or inband DTMF transport within the PCM codec when only the default PCM codec is selected, however once RTP Telephony Event is chosen (indicated in the SDP answer) it must be used for any selected codec. 
If MGW bypass is supported within the CS CN (see 3GPP TS 23.231, clause 4.4.5 [3]), a terminating MSC or a 3GPP SIP-I intermediate node controlling a MGW that interfaces directly to the external network shall behave as an IWU, as its MGW is providing an UP-IWU function and therefore the SIP-I Server shall also comply with the procedures in this section. A GMSC Server or SIP-I intermediate node which is applying the MGW Bypass option shall then relay the SDP media lines for codecs and RTP Telephony Event in the SDP offers and answers transparently between the external SIP-I network and the 3GPP CS CN and is therefore not constrained by the procedures described in this section.

If RTP Telephony Event is selected for either the external SIP-I connection or the internal 3GPP CS CN connection, but not both, the MGW shall filter out (delete) the DTMF from the speech codec when relaying the DTMF via the RTP Telephony Event to prevent potential double signalling of the same digit if a later insertion back to inband PCM transmission were to occur.

It depends on the properties of the external SIP-I network if DTMF transport follows the same policies as within the SIP-I based CS CN, or if DTMF can also be transported in other ways, e.g. inband within non-PCM speech codecs. However, the interworking of DTMF transported inband within non-PCM speech codecs is optional for IWU.

NOTE 2:
Inband transport of DTMF in compressed codecs may limit the reliability of DTMF transport. It is therefore expected that most external networks apply similar policies as within SIP-I based CS CN for DTMF transport.

NOTE 3:
If dedicated interworking of DTMF transported inband within non-PCM speech codecs is not supported at the IWU, only if inband DTMF transport within the PCM speech codec is negotiated within the SIP-I based CS CN, DTMF will be interworked via normal speech transcoding prpcedures.

4.4.1.2
DTMF support in SDP offer sent to External SIP-I network

If an O-IWU receives an initial SDP offer from a preceding 3GPP SIP-I node with the RTP Telephony Event it shall forward the RTP Telephony Event in the offer to the succeeding (external) node. If the O-IWU then receives a SDP answer from the succeeding node (external network) including the RTP Telephony Event, the O-IWU shall include the RTP Telephony Event in the SDP answer it forwards to the SIP-I based CS CN independently of the selected codec type, i.e. the DTMF payload is simply relayed through the interworking MGW, and the O-IWU shall also include the RTP-telephony event in possible subsequent SDP offers it sends towards the succeeding external network node. If the RTP-telephony event was not received in the first answer from the external network, 

If an O-IWU receives an SDP offer from a preceeding 3GPP SIP-I node without the RTP Telephony Event (only permitted if only default PCM codec offered) then it may:

· include the RTP Telephony Event in the subsequent offer to the succeeding external SIP-I node (If this offer includes other codecs than PCM, it is recommended to include the RTP Telephony Event to enhance the reliability of the DTMF transport) or:

· send the SDP Offer to the external SIP-I node without the RTP Telephony Eventin order to avoid that inband DTMF detection/insertion is required.

If the O-IWU than receives an answer excluding the RTP Telephony Event from the external SIP-I network and selects another speech codec than PCM for the interface toward the SIP-I based CS CN, the O-IWU shall include the RTP Telephony Event in the answer it forwards to the SIP-I based CS CN. If more speech codecs than PCM are contained in the received answer (in particular if the 3GPP_OoBTC_Indicator is contained in the answer and another speech codec than PCM is selected), the O-IWU may send a subsequent offer to the external SIP-I node with only the default PCM codec to enable DTMF interworking.

If the O-IWU receives an answer excluding the RTP Telephony Event, the O-IWU may or may not include the "telephone events" RTP payload type in subsequent SDP offers it sends towards the external SIP-I network.

4.4.1.3
DTMF support in SDP offer received from External SIP-I network 

If an I-IWU receives an SDP offer with the RTP Telephony Event it shall forward the RTP Telephony Event in the offer to the succeeding node.

If an I-IWU receives a SDP offer from the external SIP-I network without the RTP Telephony Event. the I-IWU shall include the RTP Telephony Event in the offer to the succeeding node if any codec other than the default PCM speech codec is offered to the succeeding node. If only the default PCM speech codec is offered to the succeeding node, the I-IWU may include the RTP Telephony Event in the offer.  If the offer included the PCM codec, the I-IWU should select the PCM codec in the answer towards the external SIP-I network to enhance the reliability of DTMF transport in the external network and gurantee that DTMF is interworked.

4.5
User Plane Interworking

4.5.1
General 
Figure 4.5.1.1 shows the user plane protocol stacks within the external SIP-I network and the 3GPP SIP-I based circuit switched core network.
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Figure 4.5.1.1: user plane interworking

If the same speech codec is used on both sides, no speech transcoding is required.

4.5.2
DTMF Interworking

For general information of DTMF interworking, see Clause 4.4.1.1


If the answer received from or sent towards the external SIP-I node includes the RTP Telephony event then the IWU shall request its UP-IWU to transmit and receive the DTMF to/from the external SIP-I node within the RTP Telephony Event by configuring the the RTP Telephony Event in addition to a speech codec. If the answer received from or sent towards the external SIP-I node does not include the RTP Telephony event, the IWU shall request its UP-IWU to transmit and receive the DTMF to/from the external SIP-I node inband within the speech codec by configuring only the selected speech codec at its UP-IWU.

 Similarily, if the answer received from or sent towards the SIP-I based CS CN included the RTP Telephony Event, the IWU shall request its MGW to transmit and receive the DTMF to/from the SIP-I based CS CN within the RTP Telephony Event by configuring the the RTP Telephony Event in addition to a speech codec. If the answer received from or sent towards the SIP-I based CS CN does not include the RTP Telephony Event, the IWU shall request its UP-IWU to transmit and receive the DTMF to/from the SIP-I based CS CN inband within the speech codec by configuring only the selected speech codec at its UP-IWU.

The related UP-IWU control procedures and UP-IWU behavior is described in Clauses 14.4.3 and 14.4.8 of 3GPP TS 23.231 [3], where the MGW shall be understood as UP-IWU.
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