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[bookmark: spectype3]This Technical Report 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	the first 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 is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.
z	the third digit is incremented when editorial only changes have been incorporated in the document.
In the present document, modal verbs have the following meanings:
shall	indicates a mandatory requirement to do something
shall not	indicates an interdiction (prohibition) to do something
The constructions "shall" and "shall not" are confined to the context of normative provisions and do not appear in Technical Reports.
The constructions "must" and "must not" are not used as substitutes for "shall" and "shall not". Their use is avoided insofar as possible and they are not used in a normative context except in a direct citation from an external, referenced, non-3GPP document, or so as to maintain continuity of style when extending or modifying the provisions of such a referenced document.
should	indicates a recommendation to do something
should not	indicates a recommendation not to do something
may	indicates permission to do something
need not	indicates permission not to do something
The construction "may not" is ambiguous and is not used in normative elements. The unambiguous constructions "might not" or "shall not" are used instead, depending upon the meaning intended.
can	indicates that something is possible
cannot	indicates that something is impossible
The constructions "can" and "cannot" are not substitutes for "may" and "need not".
will	indicates that something is certain or expected to happen as a result of action taken by an agency the behaviour of which is outside the scope of the present document
will not	indicates that something is certain or expected not to happen as a result of action taken by an agency the behaviour of which is outside the scope of the present document
might	indicates a likelihood that something will happen as a result of action taken by some agency the behaviour of which is outside the scope of the present document
might not	indicates a likelihood that something will not happen as a result of action taken by some agency the behaviour of which is outside the scope of the present document
In addition:
is	(or any other verb in the indicative mood) indicates a statement of fact
is not	(or any other negative verb in the indicative mood) indicates a statement of fact
The constructions "is" and "is not" do not indicate requirements.
[bookmark: introduction][bookmark: scope][bookmark: _Toc129708868][bookmark: _Toc215122768]
1	Scope
The scope of this Technical Report is to study the following aspects:
-	Support of IMS voice call over NB-IoT NTN via GEO satellite connecting to EPC.
-	Enhancements for UE-SAT-UE communication with 5GS under NR NTN NGSO constellation with feeder link available.
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[bookmark: _Toc215122770]3	Definitions of terms, symbols and abbreviations
[bookmark: _Toc129708871][bookmark: _Toc215122771]3.1	Terms
For the purposes of the present document, the terms given in TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].
Serving satellite: a satellite providing the satellite access to a UE (e.g. providing the serving cell(s)). Depending on the orbit, the serving satellite is covering a given geographic area for a limited period of time.
UE-Satellite-UE Communication: refers to a communication between UEs under the coverage of one or more serving satellites, using satellite access without the user traffic transiting through the ground segment.
NOTE:	These definitions are different from those in TS 22.261 [8].
NTN Gateway: an earth station located at the surface of the earth, providing connectivity to the NTN payload using the feeder link. An NTN Gateway is a TNL node.
[bookmark: _Toc129708872][bookmark: _Toc215122772]3.2	Symbols
For the purposes of the present document, the following symbols apply:
<symbol>	<Explanation>

[bookmark: _Toc129708873][bookmark: _Toc215122773]3.3	Abbreviations
For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].
ISL	Inter-Satellite Link
NTN	Non-Terrestrial Network

[bookmark: clause4][bookmark: _Toc129708874][bookmark: _Toc215122774]4	Architectural Assumptions
For IMS voice call over NB-IoT (GEO), the following architecture assumptions and principles are applied to this study:
-	The EPC architecture with GEO satellite access for NB-IoT, as defined in TS 23.401 [5] is used as baseline.
NOTE 1:	CP CIoT EPS optimization, UP CIoT EPS optimization and S1-U based NB IoT NTN solutions will be studied.
NOTE 2:	Solutions should take into account that CP CIoT EPS optimization data in current pre Rel-20 NB-IoT is regarded as NAS signalling and by default has higher priority than UP data.
-	There will be no mobility enhancements developed for the NB-IoT NTN in this study.
-	Enhancements to NB-IoT (GEO), EPC and IMS for supporting voice call via GEO shall be minimized.
-	Only architecture options with data via SGi will be considered in the study. The option with data via SCEF/T8 will not be considered.
-	The IMS reference architecture, as specified in TS 23.228 [6] for non-emergency calls is used as baseline.
For emergency IMS sessions over NB-IoT (GEO), the following additional architecture assumptions and principles are applied to this study, compared to above:
-	The IMS reference architecture, as specified in TS 23.167 [7] for emergency calls is the baseline.
-	Enhancements to LCS architecture for IMS emergency sessions and other regulatory services are out of scope of this study.
The following architecture assumptions are applied to the study for UE-Satellite-UE Communication:
-	The 5GS architecture for NR satellite access as defined in TS 23.501 [2] is used as a baseline.
-	Inter-Satellite Links (ISL) and Feeder link are assumed to act only as transport layer links and are not specified in 3GPP and the use of ISL is assumed to have no impact on the reference points between core network entities when these core network entities are onboard.
-	NR UE-Satellite-UE Communication assumes a feeder link is always available.
-	NR UE-Satellite-UE Communication for non-IMS assumes a gNB and a UPF is present onboard of the satellite.
-	NR UE-Satellite-UE Communication assumes that the serving satellite will be of NSGO type.
-	NR UE-Satellite-UE Communication service assumes communication between UEs under the coverage of the same satellite or different satellites of the same PLMN.
-	No UE impacts are expected for UE-Satellite-UE Communications.
[bookmark: _Toc215122775][bookmark: _Toc22214903][bookmark: _Toc23254036][bookmark: _Toc146636836]5	Key Issues
[bookmark: _Toc215122776]5.1	Key Issue #1: Support of IMS voice call over NB-IoT NTN via GEO satellite connecting to EPC
To support IMS voice call over NB-IoT NTN via GEO satellite connecting to EPC, this key issue studies the following issues:
-	System enhancements to support IMS voice service over NB-IoT NTN via GEO satellite connecting to EPC;
-	Whether and how to support QoS for IMS voice service over GEO satellite.
[bookmark: _Toc215122777]5.2	Key Issue #2: IMS enhancement for GEO NB-IoT NTN access
To meet the requirements on experienced data rate and call setup time documented in TS 22.261 [8], this key issue studies:
-	Whether and how to enhance IMS to utilize NB-IoT as IP-CAN;
-	Potential IMS optimization.
[bookmark: _Toc215122778]5.3	Key Issue #3: Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC
This key issue studies:
-	How to support IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC to comply with the relevant requirements defined in TS 22.261 [8] and TS 22.101 [9].
[bookmark: _Toc93073659][bookmark: _Toc26386412][bookmark: _Toc26431218][bookmark: _Toc30694614][bookmark: _Toc43906636][bookmark: _Toc43906752][bookmark: _Toc44311878][bookmark: _Toc50536520][bookmark: _Toc54930292][bookmark: _Toc54968097][bookmark: _Toc57236419][bookmark: _Toc57236582][bookmark: _Toc57530223][bookmark: _Toc57532424][bookmark: _Toc215122779]5.4	Key Issue #4: Location service for IMS emergency call and regulatory services over NB-IoT NTN
This key issue studies whether existing location services can be used to obtain the UE location (e.g. geographical location) meeting regulatory requirements, when the UE establishes an IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC or other services for which regulatory requirements for obtaining network provided location information exist.
[bookmark: _Toc215122780][bookmark: _Toc117509218]5.5	Key Issue #5: UE-SAT-UE communication via UPF only onboard satellite for non-IMS services
This key issue studies:
 -	How to support UE-SAT-UE communication via UPF only onboard satellite for non-IMS services (e.g. 5G-LAN services with IP and Ethernet PDU Session type).
NOTE 1:	Whether existing mechanisms can be reused will be considered in this KI.
NOTE 2:	Any UE impact will not be considered in this KI

[bookmark: _Toc22214906][bookmark: _Toc23254039][bookmark: _Toc146636839][bookmark: _Toc215122781]6	Solutions
[bookmark: _Toc22214907][bookmark: _Toc23254040][bookmark: _Toc146636840][bookmark: _Toc215122782]6.0	Mapping of Solutions to Key Issues
Table 6.0-1: Mapping of Solutions to Key Issues
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[bookmark: _Toc215122783]6.1	Solution #1: UP based IMS voice call over NB-IoT NTN via GEO satellite using a default EPS bearer for both IMS signalling and voice data
[bookmark: _Toc97036719][bookmark: _Toc101526146][bookmark: _Toc104882844][bookmark: _Toc113425992][bookmark: _Toc117496417][bookmark: _Toc122517639][bookmark: _Toc215122784]6.1.0	High-level solution Principles
This solution aims to resolve Key Issue #1, "Support of IMS voice call over NB-IoT NTN via GEO satellite connecting to EPC" with the following key principles:
-	The UE negotiates with MME on its capability of voice call support over NB-IoT.
-	The default EPS bearer is used for both IMS signalling and voice data transmission.
-	Bearer modification procedure for the QoS update or resource reservation is skipped or pre-initiated before the call setup in case that voice call would be setup over NB-IoT NTN via GEO satellite.
[bookmark: _Toc97036720][bookmark: _Toc101526147][bookmark: _Toc104882845][bookmark: _Toc113425993][bookmark: _Toc117496418][bookmark: _Toc122517640][bookmark: _Toc215122785]6.1.1	Description
In this proposal, it is assumed to provide IMS voice services via the default EPS bearer. i.e. IMS signalling and IMS voice data are served via the default EPS bearer, which can be updated its non-GBR QoS characteristics if required. Such QoS update is performed before IMS call setup procedure if UE is attached and IMS registered by NB-IoT(GEO).
Editor's note:	Overhead analysis for this approach is to be updated.
[bookmark: _MON_1630814674][bookmark: _Toc215122786][bookmark: _Toc101526149][bookmark: _Toc104882847][bookmark: _Toc113425995][bookmark: _Toc117496420][bookmark: _Toc122517642]6.1.2	Procedures
[bookmark: _Toc215122787]6.1.2.1	Attach or TAU procedure negotiating Voice call support over NB-IoT(GEO):
On camping NB-IoT(GEO), UE who wants to use voice call service over the NB-IoT(GEO), negotiate its capability of voice call support over NB-IoT.
Moreover, UE to use voice call service over the NB-IoT(GEO) needs to include the IE "Voice domain preference and UE's usage setting" as the voice domain preference = "IMS PS Voice only" and UE's usage setting = voice-centric.
For IMS service, an IMS dedicated APN is assumed, which is well-known or pre-configured for voice call over NB-IoT(GEO). So the UE should execute UE requested PDN connectivity procedure for the IMS dedicated APN.
However, due to restriction of NB-IoT RAT that dedicated EPS bearer is not used and GBR bearer is not used, we assume the default EPS bearer is used for both IMS signalling and voice data.
[bookmark: _Toc215122788]6.1.2.2	Default EPS bearer for both IMS signalling and voice data
For IMS service, we assume the default EPS bearer is used for both IMS signalling and voice data.
Editor's note:	It is FFS whether or how to differentiate QoS/priority between IMS signalling and voice data.
So in case that UE registers IMS as access type as indicating NB-IoT NTN via GEO satellite, if the voice call is setup b/w caller and callee, the resource reservation in EPS for voice call should be handled specifically.
P-CSCF requests the resource reservation for voice call traffic(i.e. GBR traffic) over NB-IoT(GEO) to PCRF, but P-GW considers as it does not allocate dedicated & GBR bearer for the voice call traffic(i.e. skip the resource reservation) or, if required, performs bearer modification procedure for the default EPS bearer to upgrade its QoS even as a non-GBR bearer.
Editor's note:	It is FFS whether alternative approach(e.g. P-CSCF provides indication of voice call over NB-IoT(GEO)) is considered.
Moreover, if the expected resource for the voice call over NB-IoT(GEO) is static and need upgrade QoS of the default EPS bearer for the voice call traffic, in order to lessen the call setup time such bearer modification procedure can be initiated before IMS call setup procedure.
[bookmark: _Toc215122789]6.1.3	Impacts on Services, Entities and Interfaces
UE:
-	Support capability of voice call support over NB-IoT.
-	Set "Voice domain preference and UE's usage setting" when camping on NB-IoT(GEO).
-	Use default EPS bearer for both IMS signalling and IMS voice data over NB-IoT(GEO) access.
MME:
-	Support capability of voice call support over NB-IoT.
-	Initiate bearer modification procedure for resource reservation/QoS update for the default EPS bearer before IMS call setup.
P-GW:
-	allocate IMS signalling and voice mapped to the default EPS bearer.
-	ignore the GBR characteristics of IMS voice call data traffic for UE if provided(i.e. skip the bearer modification procedure), or instead perform bearer modification procedure for QoS update for non-GBR characteristics if required
-	initiate bearer modification procedure for resource reservation/QoS update for non-GBR characteristics of the default EPS bearer before IMS call setup.
[bookmark: _Toc215122790][bookmark: _Toc250980595][bookmark: _Toc326037266][bookmark: _Toc510604411][bookmark: _Toc22214912][bookmark: _Toc310438366][bookmark: _Toc324232216][bookmark: _Toc326248735][bookmark: _Toc510604412]6.2	Solution #2: Supporting establishing EPS bearers for IMS voice via user plane with IP type PDN connection
[bookmark: _Toc215122791][bookmark: _Toc157596883][bookmark: _Toc158028861][bookmark: _Toc161138888][bookmark: _Toc164700782][bookmark: _Toc164701138]6.2.0	High-level solution Principles
This solution aims to resolve KI#1 by supporting the IMS voice call using the user plane of NB-IoT (GEO) satellite access, the following principles are followed in this solution:
-	UE camps on an eNB that supports NB-IoT (GEO) satellite access
-	The UE indicates its support of IMS voice over NB-IoT in attach/TAU request
-	The MME indicates IMS voice over PS session is supported to UE.
-	UE requests to establish an IP type PDN connection with IMS APN via user plane.
-	IMS signalling is transmitted via the default EPS bearer.
-	IMS voice data is transmitted via a dedicated EPS bearer.
-	The dedicated EPS bearer may be established together with the default EPS bearer.
[bookmark: _Toc215122792]6.2.1	Description
This solution aims to resolve KI#1 by supporting the IMS voice call over NB-IoT (GEO) via one IMS PDN connection, with default and dedicated bearers as existing IMS voice support over WB-E-UTRAN.

Figure 6.2.2-1: IMS signalling via default EPS bearer and voice data via a dedicated EPS bearer
The PDN connection is based on IP type, therefore, the protocol stack could be as follows:

Figure 6.2.2-3: Protocol stack for IMS signalling

Figure 6.2.2-4: Protocol stack for IMS voice data
[bookmark: _Toc157596884][bookmark: _Toc158028862][bookmark: _Toc161138889][bookmark: _Toc164700783][bookmark: _Toc164701139][bookmark: _Toc215122793]6.2.2	Procedures
[bookmark: _Toc215122794]6.2.2.1	Attach and IMS PDN connection establishment
The following figure depicts the attach and PDN connection establishment procedure for IMS session over the UP-based NB-IoT (GEO) deployment.

Figure 6.2.2.1-1: Attach and IMS PDN connection establishment Procedure
1.	UE camps on a GEO eNB cell.
2.		The UE sends Attach Request to the MME, where the eNB indicates RAT type as NB-IoT (GEO) satellite access. During attach, the UE indicates its support of IMS voice over NB-IoT and optionally an ESM container is included where the PDN type is set as IP.
3.	Same as step 3-6 as specified in clause 5.3.2.1 of TS 23.401 [5].
	The UE may send the IMS APN to MME in this step. It is up to the operator's policy whether the well-known IMS APN is used as default APN in the attach procedure. Using well-known IMS APN during UE attach can reduce the time for UE to be ready for IMS voice call and reduce the needed resources (e.g. number of DRBs), but consequently there is risk that UE may not get data service or even not authorized to attach to the network.
4.	The MME verifies with HSS if the subscription data allows the UE to use IMS voice over NB-IoT (GEO) and indicates IMS voice over PS session is supported to the UE in attach accept.
5.	If an ESM container was not included in the Attach Request, step 5 is skipped. Otherwise, step 12-16 as specified in clause 5.3.2.1 of TS 23.401 [5] are executed to establish the default EPS bearer for the IMS signalling, the P-CSCF address is provided to the UE when activating the default bearer.
	One optimization to reduce the call setup time is to pre-establish the dedicated bearer prior to the IMS voice call setup, i.e. the MME may indicate the APN, Access Info, UE capability and subscription of voice over GEO to the P-GW in order to allow the P-GW to determine to set up dedicated EPS bearer for the IMS voice call and the P-GW establishes a dedicated EPS bearer for IMS media plane in association with the establishment of the default bearer. Depending on how the packet filter for the dedicated bearer is handled, there are 3 alternatives:
-	Alt#1: the P-GW does not provide TFT containing uplink packet filters to the UE for the dedicated bearer and later during call setup procedure, the UE filters/identifies the uplink voice packets based on the port number negotiated during SIP call setup procedure. In this case no RRC messages are used between UE and eNB.
-	Alt#2: the P-GW creates uplink packet filter (see clause 15.3.3.4 of TS 23.060 [12] for examples) effectively stopping any packet flow in the uplink direction in this pre-established dedicated bearer for voice media and during call setup procedure, the P-GW initiates a dedicated bearer modification procedure (see clause 5.4.3 of TS 23.401 [5]) for updating the TFT. In this case two RRC messages (direct transfer) are used between UE and eNB.
-	Alt#3: The MME selects a P-GW with pre-configured TFT information. Both the uplink and downlink packet filters of the TFT for dedicated EPS bearer specific for GEO is determined based on operator policy or implementation (e.g. (list of) AGW IP address, or range of destination IP address and a range of destination port numbers) that will be provided to the UE during the dedicated bearer pre-establishment. In this case no RRC messages are used between UE and eNB during the IMS call setup.
Editors' note:	The above EPC optimization requires E2E evaluation together with the rest of the system. For example, the IMS SIP signalling transmission currently contributes most of the call setup time (CST), given the SIP signalling message size is larger than RRC message, whether saving of RRC messages would make comparable impact to CST is to be assessed.
Editor's note:	Whether additional information UE capability and subscription of voice over GEO need to be sent to P-GW is FFS.
6-8.	Same as step 17-22 as specified in clause 5.3.2.1 of TS 23.401 [5] if only default EPS bearer is to be established.
	If the P-GW decides to establish a dedicated EPS bearer for the IMS PDN connection in step 5, a Dedicated Bearer Setup Request with the corresponding the EPS Bearer QoS, the UE-AMBR etc will also be included in the Initial Context Setup Request, the radio bearer establishment of the default and dedicated bearer for IMS is performed in the same RRC message.
	If attach without PDN connection is enabled and used between UE and network (i.e. an ESM container is not included in Attach Request), step 5 is skipped and step 6/7/8 is replaced with Downlink NAS transport/RRC direct transfer and the following procedures proceed:
9.	The UE sends a PDN Connectivity Request to MME to indicate the requested PDN type is IP and the APN is IMS.
10.	Same as step 5.
11-13.	Same as step 7-10 as specified in clause 5.10.2 of TS 23.401 [5].
	If the PDN GW decides to establish a dedicated EPS bearer for the IMS PDN connection in step 10, a Dedicated Bearer Setup Request with the corresponding the EPS Bearer QoS, the UE-AMBR etc will also be included in the S1-AP Bearer Setup Request, the radio bearer establishment of the default and dedicated bearer for IMS is performed in the same RRC message.
	The default EPS bearer for IMS signalling is established and optional the dedicated EPS bearer for IMS voice is also established.
[bookmark: _Toc215122795]6.2.2.2	MO call
The following figure depicts the mobile originating procedure for IMS session establishment over the UP-based NB-IoT (GEO) deployment.

Figure 6.2.2.2-1: MO call Procedure
1.	The MO UE camps on the eNB that supports NB-IoT (GEO) satellite access and performs attach procedure and establishes the PDN connection for IMS service. The detailed procedure can refer to clause 6.2.3.1. Optionally, the dedicated EPS bearer for IMS voice can be established.
2.	The MO UE performs IMS registration procedure as specified in clause 5.2.2 of TS 23.228 [6], which is via the default EPS bearer of the IMS PDN connection. P-CSCF can obtain RAT type of the IP-CAN by subscribing to the IP-CAN Type Change with PCRF during the SIP registration, as described in Annex B, clause B.1a of TS 29.213 [11].
After steps 1 and 2 the MO UE may return to RRC_IDLE.
3-4.	If there is no available dedicated EPS bearer in step 1 and the MO UE has a pending IMS voice call, if the MO UE is in RRC_IDLE, the MO UE may trigger the MME to pre-establish the dedicated EPS bearer using the RRC establishment cause ("MO Voice Call") during the process of entering RRC_CONNECTED from RRC_IDLE as described in clause 6.2.2.1, step 5. Otherwise, if the MO UE is in RRC_CONNECTED, the MO UE may trigger to pre-establish the dedicated EPS bearer using the Bearer Resource Allocation procedure as described in clause 6.5.3 of TS 24.301 [17].
	The MO UE initiates a voice call using SIP INVITE message with an SDP offer towards the P-CSCF, which is over the default EPS bearer of the IMS PDN connection. The P-CSCF forwards the SIP INVITE message towards IMS core and receives SIP 183 response with an SDP answer to the SIP INVITE message as specified in clause 5.6 of TS 23.228 [6].
NOTE:	Any IMS optimizations, including compression or substitution mechanisms, will be addressed in Key Issue#2 study.
5-6.	The P-CSCF sends diameter AAR according to the SDP offer and the SDP answer received to the PCRF as specified in clause 8.1 of TS 29.211 [10]. The PCRF sends a PCC decision provision (QoS policy) message to the PDN GW as specified in step 1 of clause 5.4.1 in TS 23.401 [5].
7.	If a dedicated EPS bearer is pre-established in step 1 or step 3, the QoS requirement for voice data is configured for the dedicated EPS bearer. The packet filter will be updated based on the alternatives listed in clause 6.2.2.1 step 5.
	If the dedicated EPS bearer is not established in step 1 or step 3, the PDN GW triggers the dedicated EPS bearer creation procedure as specified in step 2-11 in clause 5.4.1 of TS 23.401 [5], where 3 RRC messages (reconfiguration/complete/direct transfer) are used between UE and eNB.
Editor's note:	Whether and how to resolve the conflict with maximum 2-DRB restriction if concurrently supporting data and IMS services for NB-IoT UEs is FFS and needs coordination with RAN WGs.
Editor's note:	Which QoS parameters are applicable for the dedicated EPS bearer is FFS and need coordination with RAN WGs.
8-9.	The PDN GW responds to the PCRF as specified in step 12 in clause 5.4.1 of TS 23.401 [5]. The PCRF send diameter AAA to the P-CSCF as specified in clause 8.1 of TS 29.211 [10].
10.	The P-CSCF sends the SIP 183 response with the SDP answer to the MO UE, which is over the default EPS bearer of the PDN connection.
	For Alt#1, the UE updates the packet filter locally based on the SDP negotiation result.
11.	The procedure is continued and the IMS session is established.
The IMS voice data are transmitted over the dedicated EPS bearer.
[bookmark: _Toc215122796]6.2.2.3	MT call
The following figure depicts the mobile terminating procedure for IMS session establishment over the UP-based NB-IoT (GEO) deployment.

Figure 6.2.2.3-1: MT call Procedure
The same procedures as in clause 6.2.2.2, apart from the following steps:
3-4.	The UE-1 receives an incoming voice call using SIP INVITE message with an SDP offer, which is over the default EPS bearer of the PDN connection. The UE sends SIP 183 response with an SDP answer to the SIP INVITE message as specified in clause 5.7 of TS 23.228 [6], which also is over the default EPS bearer of the PDN connection.
10.	The P-CSCF sends the SIP 183 response with the SDP answer to the IMS core.
The IMS voice data are transmitted over the dedicated EPS bearer.
[bookmark: _Toc157596885][bookmark: _Toc158028863][bookmark: _Toc161138890][bookmark: _Toc164700784][bookmark: _Toc164701140][bookmark: _Toc215122797]6.2.3	Impacts on Services, Entities and Interfaces
PGW:
-	Support determination of dedicated EPS bearer pre-establishment based on IMS APN and NB-IoT (GEO) satellite access;
-	Support pre-establishing dedicated EPS bearer during Create Session, preconfiguring the packet filter or updating the packet filter locally during call set up; or
-	Support creating the dedicated EPS bearer for voice for UP-based NB-IoT (GEO).
MME:
-	Support verification of IMS voice call subscription considering NB-IoT (GEO) satellite access, UE preferences;
-	Support indicating IMS Voice over PS session supported to UE.
-	Support the dedicated EPS bearer pre-establishment based on the RRC establishment cause ("MO Voice Call").
UE:
-	Support creation of the dedicated EPS bearer for voice and optionally together with during the Attach or PDN connection establishment procedure, or Service Request procedure, or Bearer Resource Allocation procedure;
-	May support update packet filter locally based on the SDP negotiation result;
-	Indicating support of IMS voice over NB-IoT in Attach/TAU request.
RAN:
-	Support dedicated bearer pre-establishment.
HSS:
-	Subscription data indicating whether IMS voice over NB-IoT (GEO) is allowed.
[bookmark: _Toc215122798]6.3	Solution #3: IP Type IMS PDN connection over User Plane with NIDD voice transfer between UE and PGW
[bookmark: _Toc215122799]6.3.0	High-level solution Principles
This solution is to address Key Issue #1.
This solution uses a single IMS APN PDN connection with two EPS bearers. The IMS PDN is IP type (e.g. IPv4, IPv6 or IPv4v6) PDN Connection. This solution is a User Plane based solution, i.e. both the default bearer and the dedicated bearer are using S1-U data transfer.
In order to reduce the header overhead to the most extreme level:
-	it is proposed to transmit the IMS voice traffic as non-IP (NIDD) traffic over dedicated EPS bearer; and
-	the PGW will translate the NIDD voice packets to IP/UDP/RTP packets before forwarding them to the IMS eneity in the DN, e.g. the AGW (AGW is not aware of the NIDD transport between PGW and UE); and
	at the same time in order to reduce the impact to the IMS control plane ("I"MS network is designed based on IP) and IMS entity in the IMS DN, e.g. P-CSCF;
-	it is proposed to transmit the IMS Signalling (e.g. SIP INVITE ... etc.) over default EPS bearer using IP.
[bookmark: _Toc215122800]6.3.1	Description
 
Figure 6.3.1-1: IP Type IMS PDN connection over User Plane with NIDD voice transfer between UE and PGW
NOTE 1	Assuming data rate is 1Kbps and voice codec rate is 0.7Kbps, then there is only 0.3Kbps remaining for voice packet "header" overhead. Assuming ptime = 80ms, which means there will be 12.5 voice packets per second to consume the 0.3Kbps remaining bandwidth, which means each voice packet header part can only use 300bits/12.5 == 24 bits, i.e. each voice packet can only tolerate maximum 3 Bytes header size, these overhead are shared by multiple layers including RTP/UDP/IP/NAS(if go with CP)/RRC(if go with CP)/PDCP(if go with UP or go with CP after DRB is established)/RLC/MAC headers.
The IMS PDN (for voice over GEO) is used to transmit both IMS signalling and IMS voice.
-	For IMS signalling:
-	the main consideration is to minimize the impact to the IMS control plane network ("I"MS network is designed based on "IP") so the default EPS bearer for IMS PDN connection is configured as IP transmission (i.e. IMS Signalling over IP, no special handling).
-	For voice packets, on the other hand, it is proposed to use non-IP (NIDD) type transmission.
Editor's note:		In the context of using "Non-IP" voice packet transfer, only one call or more than one call needs to be supported is FFS based on SA WG1 discussion.
Editor's note:		In the context of using "Non-IP" voice packet transfer, what are the essential RTP header fields for the minimum information that need to be provided in RTP for IMS voice over GEO is FFS based on SA WG4 discussion.
Thus the ideal IMS PDN configuration for IMS voice over GEO would be:
-	the PDN Type for this IMS PDN is IP Type; and
-	a dedicated EPS bearer is configured to use NIDD to transmit voice packets.
[bookmark: _Toc215122801]6.3.2	Procedures
[bookmark: _Toc215122802]6.3.2.1	Establishment and Usage of IP Type IMS PDN connection over User Plane with NIDD voice transfer between UE and PGW
In order to support:
-	IP Type IMS PDN connection over User Plane with NIDD voice transfer between UE and PGW, which support to use:
-	IP (IP(v4), IPv6 or IPv4v6) type traffic for default EPS bearer; and
-	non-IP type traffic for dedicated EPS bearer;
the UE supports the this feature indicates support of "IP and non-IP Hybrid Transfer" in UE network capability in Attach request and the MME supports the "IP and non-IP Hybrid Transfer" indicates to accept to use it in Attach accept; and during Dedicated EPS bearer context activation procedure the network indicates, for a dedicated bearer to be activated for voice, the traffic type to be sent over the bearer is non-IP traffic.
[bookmark: _Toc215122803]6.3.2.2	NIDD voice transfer between UE and PGW
[bookmark: _Toc215122804]6.3.2.2.1	Uplink Voice Data Transmission using NIDD over dedicated EPS bearer
6.3.2.2.1.1	UE side consideration
For the uplink voice packets to be sent over a dedicated bearer using NIDD, i.e. without IP/UDP header the existing Packet filter component type identifier (as specified in TS 24.008 [13] clause 10.5.6.12) is not able to indicate the "voice traffic" needs to be steered to the dedicated EPS bearer context, thus a new Packet filter component type identifier may be introduced, e.g. "(IMS) voice traffic type", to indicate the UE to steer NIDD voice traffic to the dedicated EPS bearer context. The UE sends the "Voice with RTP info (e.g. 1 Byte SN) packet" over the dedicated EPS bearer context associated with this "(IMS) voice traffic type" Packet filter component type identifier.
6.3.2.2.1.2	Network side consideration
When the PGW receives uplink voice packets from the dedicated EPS bearer, the PGW converts the "Voice with RTP info (e.g. 1 Byte SN) packet" to "Voice over RTP/UDP/IP packet".
In order to build the context of the conversion operation, when the PDN GW triggers the dedicated EPS bearer creation procedure as specified in step 2-11 in clause 5.4.1 of TS 23.401 [5], the PGW also builds and stores the context (e.g. IP(es) and Port(s)), based on information received from PCRF, in order to perform the conversion, i.e. to construct the RTP/UDP/IP headers for the received uplink voice packet and then forward the conversed voice packets (with RTP/UDP/IP header) to the DN.
Editor's note:	Details regarding how the PGW performs the conversion is FFS.
Editor's note:	Whether a new functionality in the PGW is needed for the conversion between NIDD voice and IP/UDP/RTP voice is FFS.
[bookmark: _Toc215122805]6.3.2.2.1	Downlink Voice Data Transmission over NIDD over dedicated EPS bearer
For the downlink voice packet, the PGW may still leverage the current DL TFT as usual, but for DL traffic steered to the NIDD dedicated EPS bearer the PGW converts the DL Voice over RTP/UDP/IP packets to Voice with RTP info (e.g. 1 Byte SN) packet. The conversion can be simply removing the RTP/UDP/IP headers and insert 1 Byte SN value (e.g. use the 1 Byte SN value originally indicated in the removed RTP header) as the converted header part of the voice packet before forwarding the voice packet to SGW.
[bookmark: _Toc215122806]6.3.3	Impacts on Services, Entities and Interfaces
Editor's note:	Whether a new GBR or non-GBR QCI is needed for the dedicated EPS bearer used for voice traffic is FFS. Whether an existing GBR or non-GBR QCI can be used for the dedicated EPS bearer used for voice traffic is FFS.
UE:
-	support dedicated EPS bearer for NB-IOT.
-	indicate support of "IP and non-IP Hybrid Transfer" to the MME.
-	new Packet filter component type identifier, e.g. "(IMS) voice traffic type", to let the UE indicated to steer NIDD voice traffic to the dedicated EPS bearer context.
-	transfer IMS voice packet over dedicated bearer without adding IP/UDP/RTP header.
-	transfer IMS voice packet over dedicated bearer with minimum RTP information in the header (e.g. 1 Byte SN).
Editor's note:		In the context of using "Non-IP" voice packet transfer, only one call or more than one call needs to be supported is FFS based on SA1 discussion.
Editor's note:		In the context of using "Non-IP" voice packet transfer, what are the essential RTP header fields for the minimum information that need to be provided in RTP for IMS voice over GEO is FFS based on SA4 discussion.
MME:
-	indicates support of "IP and non-IP Hybrid Transfer" to the UE.
RAN:
-	support dedicated EPS bearer for NB-IOT.
-	support NIDD bearer for the "IP and non-IP Hybrid Transfer" PDN connection.
Editor's note:	Detail impacts on RAN, e.g. whether and how to enable/disable RoHC in the RAN for the voice bearer, is FFS.
PGW:
-	support dedicated EPS bearer for NB-IOT.
-	new Packet filter component type identifier, e.g. "(IMS) voice traffic type", to indicate the UE to steer NIDD voice traffic to the dedicated EPS bearer context.
-	for uplink voice packets, convert the NIDD voice packets into IP packets before forwarding the packets the IMS DN.
-	for downlink voice packets, convert the IP/UDP/RTP voice packets into NIDD voice packets before forwarding the packets to the UE.
-	building conversion parameters (e.g. source IP, destination IP, source port, destination port) for voice packets by leveraging existing UL and DL TFT parameters used during dedicated EPS bearer creation procedure.
Editor's note:	Details regarding how the PGW performs the conversion is FFS.
Editor's note:	Whether a new functionality in the PGW is needed for the conversion between NIDD voice and IP/UDP/RTP voice is FFS.
IMS network:
-	None.
[bookmark: _Toc215122807]6.4	Solution #4: Support of IMS call over NB-IoT NTN via NIDD and I1 protocol
[bookmark: _Toc215122808]6.4.0	High-level solution Principles
This solution addresses KI#1, KI#2, KI#3 and KI#4.
To enable IMS-based voice services over NB-IoT NTN access through GEO satellite connected to the EPC, the following high-level architectural principles are applied.
-	The mechanism for separate default DRBs for Signalling and Media.
-	User Plane NIDD.
-	SCC-AS architecture in TS 23.292 [15] and I1 protocol for IMS session setup.
NOTE:	Although responding to the needs of GEO satellite deployments, the architectural principles described herein could also be applicable to NB-IoT NTN in NGSO deployments.
[bookmark: _Toc215122809]6.4.1	Description
[bookmark: _Toc215122810]6.4.1.1	General
This solution addresses:
-	KI#1 as described in clause 6.4.1.2 and clause 6.4.1.4
-	KI#2 as described in clause 6.4.1.3
-	The solution also addresses KI#3 and KI#4 by proposing reusing E-CSCF in clause 6.4.2.3 where it is further proposed that existing location services can be used to obtain the UE location (e.g. geographical location) meeting regulatory requirements, when the UE establishes an IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC.
[bookmark: _Toc215122811]6.4.1.2	DRBs for signalling and media
It is proposed to establish separate Data Radio Bearers (DRBs) for signalling and voice media packets due to different transport requirements for these two types of packets. Voice packets require consistent jitter and delay handling and may benefit from prioritization or special treatment in satellite links. This separation also aligns with how IMS networks typically handle control and media, enabling better traffic management and potential for differentiated satellite resource allocation.
NB-IoT channels operating over GEO satellites face significant bandwidth constraints, limited to 180 kHz usable bandwidth. Moreover, these constraints restrict the number of simultaneous voice calls over a non-anchor carrier. To maximize transmission efficiency over these narrowband links, it is proposed to use User Plane Non-IP Data Delivery (UP NIDD) for both call control (e.g. call setup, Supplementary Service Control) signalling and voice media.
Table 6.4.1.2-1: Data Delivery Overhead Comparisons
	Bytes
	RTP
	UDP
	IP
	PDCP
	RRC
	NAS
	RLC
	MAC
	BSR
	Total

	IPv4
	12
	8
	20
	1
	
	
	2
	1
	2
	46

	IP with RoHC
	
	
	3
	1
	
	
	2
	1
	2
	9

	UP NIDD
	
	
	
	1
	
	
	1
	1
	2
	5

	CP NIDD
	
	
	
	
	2
	11
	2
	1
	2
	18



As shown in Table 6.4.1.2-1 above, UP NIDD provides the lowest protocol overhead, making it especially suitable for constrained and high-latency environments such as GEO-based NTN. UP NIDD, operating over the user plane, also enables the use of AS-level security mechanisms. Although NB-IoT does not support dedicated data radio bearers, the default bearer used by UP NIDD allows for radio-level optimization (e.g. RLC AM for signalling, RLC UM for media), which can be configured for improved reliability and latency control.
IPv4 is not ideal in this context due to the relatively high overhead of protocol headers. IP with RoHC adds additional complexity and CPU processing for both the UE and the network. This makes it less efficient for NB-IoT, where devices are constrained by limited processing capability, power consumption and memory footprint.
[bookmark: _Toc215122812]6.4.1.3	Use of SCC-AS functionality for IMS Session Setup
It is proposed to use IMS Service Centralization and Continuity functionality (see clause 4.20 of TS 23.228 [6] and TS 23.292 [15]) for IMS session establishment over NB-IoT NTN GEO links. I1 protocol (as defined in TS 24.294 [14]) is designed specifically for this scenario where the bearer path is CS or the transport used for IMS call control is bandwidth constrained, but IMS service control is still required.
The I1 protocol is highly lightweight, with fixed header-length of 7 bytes, making it well-suited for low-bandwidth, high-latency satellite links by significantly reducing transmission time. While originally designed for CS-to-IMS interworking and IMS Centralized Services (ICS), it can be readily adapted for NIDD-to-IMS interworking, as discussed in clause 6.4.1.3.
NOTE:	I1 protocol is a transport independent protocol, see 3GPP 24.294 [14] clause 1. That is, the I1 protocol I1 session control entities can exchange the I1 protocol messages over any transport-layer connection that connects the ICS UE and the SCC AS. In this solution, we propose to use UDP as transport layer to carry I1 messages.
I1 is already standardized and supported by the Service Centralization and Continuity Application Server (SCC-AS) and since it eliminates the need for a SIP stack on the UE, it also greatly simplifies device implementation.
Support of IMS Service Centralization is specified in TS 23.228 [6] and TS 23.292 [15]. IMS service centralization provides communication services such that all services and service control, are based on IMS mechanisms and enablers. This solution proposes to leverage IMS centralised services architecture to support IMS services when using NB-IoT NTN access with UP NIDD, as shown in Figure 6.4.1.3-1.


Figure 6.4.1.3-1: Overall Architecture for IMS Voice Call over NB-IoT NTN
The I1 protocol enables sessions that originate from or terminate in the NIDD domain to be anchored and controlled by IMS. This ensures service continuity and consistent behaviour across both NIDD and IMS domains.
When a voice call is initiated or received by a user with an IMS subscription and NB-IoT NTN (GEO) access, the session falls back to a User Plane (UP) NIDD-based configuration. In this setup:
-	Up to two default bearers are supported on NB-IoT devices per TS 23.401 [5]. Two default DRBs are established per IMS session, one for I1 signalling and one for voice media. This separation allows media traffic to receive differentiated treatment, even in the absence of conventional QoS mechanisms.
-	An Interworking Function (IWF), specifically the SCC-AS functionality as defined in TS 23.292 [15], receives session signalling over the I1 protocol and translates between I1 and SIP messages, enabling seamless integration with standard IMS components.
-	The media parameters included in the I1 message allow the Media Gateway within the IWF to determine whether transcoding is required. By resolving codec mismatches internally, the system avoids traditional end-to-end codec negotiation, significantly reducing call setup latency, especially important in high-delay satellite environments. The media Gateway also adds RTP header for uplink voice payload or stripe RTP header for downlink voice payload.
-	The IWF may include an MSC Server/VLR-like functionalities to handle registration and location update for subscribers that are currently in the area served by NB-IoT NTN access.
NOTE:	CS is not required between UE and MSC. The MSC Server supports functionality to trigger I2 registration procedures and maintain SGs association towards MME for EPS/IMSI attached UE.
As illustrated in Figure 6.4.1.3-2, The SCC-AS-based IWF provides the following functionality within this architecture
-	I1 Signalling Termination & Processing: The IWF parse and validate I1 messages, maintain I1 session state and map I1 messages to corresponding SIP messages, with the support of both normal and emergency sessions.
-	SIP Interworking: The IWF functions as a B2BUA between I1-side and SIP sessions and forwarding or modifying SDP offers between UE and IMS peer.
-	Media Gateway Control & Adaptation: The IWF performs essential media functions, such as transcoding voice streams to resolve codec mismatches and support of fixed codec selection logic to avoid on-air SDP negotiation to reduce setup latency.
-	Emergency Call Handling: The IWF detects emergency call triggers, inserts appropriate Request-URI for emergency calls and routes these calls via E-CSCF when required
-	Transport & Encapsulation: The IWF terminate the SGi PtP tunnel from PGW for I1 signalling and voice packets. It also supports operator-configured IP/UDP parameters for tunnel endpoints.


Figure 6.4.1.3-2: Overall Architecture for IMS Voice Call over NB-IoT NTN
The NIDD UP session is anchored at the Service Centralization and Continuity Application Server (SCC-AS) functionality in IWF as illustrated in Figure 6.4.1.3-2, which maintains IMS session control and service logic regardless of the underlying access technology.
For the uplink media path when the PDN Connection Type is "Non-IP" but the ultimate destination is an IP endpoint (e.g. SCC AS), the PGW handles the data delivery as follows:
According to TS 23.401, Clause 4.3.17.8.1, when "Non-IP" PDN Type is used, the data is delivered to the via a Point-to-Point (PtP) SGi tunnel, as defined in Clause 4.3.17.8.3.3.
Specifically, upon receiving uplink Non-IP Data from the UE over the default bearer for media, the PGW uses pre-configured SGi PtP tunnel parameters (destination IP address and UDP port) to encapsulate the payload into an IP/UDP packet. The IP address allocation procedures for PDN connections are performed locally (e.g. without involving the UE) by the P-GW based on APN configuration and according to clause 5.3.1 of TS 23.401 [5]. This encapsulated packet is then forwarded to the designated SCC-AS and Media Gateway functionalities in IWF as illustrated in Figure 6.4.1.3-2. The PGW shall not attempt protocol header reconstruction beyond adding the pre-configured IP/UDP headers. The mapping between the non-IP bearer and the SGi PtP tunnel endpoint is operator-provisioned and can be static or dynamically updated via policy control. For downlink Non-IP Data, the reverse operations can be performed.
All external interfaces of the interworking function comply with existing 3GPP specifications, so no additional standardization is required. Since it operates entirely within the operator's network domain, it can be deployed without impacting standardized interfaces. In practice, the interworking function can be integrated into the SBC, with the I1 and SIP message translation implemented as a B2BUA (as specified in TS 24.229 [16]), effectively providing a SIP trunk between the interworking function and the IMS core.
The security association between the UE and the SCC AS is hop-by-hop. Between UE and eNB, the security is provided by the 3GPP UP access security mechanisms. The security between eNB and SPGW is covered by the backhaul security protection, e.g. IPSec. Similarly, the security between the SPGW and SCC AS is protected by IPSec.
NOTE:	The security between SPGW and SCC AS can use the operator core network security protection.
Editor's note:		SA WG3 feedback is required to determine whether EPS UPIP can be applied to NB-IoT NTN and whether security association between UE and SCC AS functionality in IWF is required.
The I1 protocol assumes that the UE, when establishing the non-IP DRB for signalling, has already been authenticated by the EPS domain during the attach procedure (see step 2 of clause 6.4.2.1). Because the SCC AS operates within the trusted operator domain, it does not perform additional challenge or re-authentication when receiving an I1 message. Instead, the SCC AS identifies the UE using a unique identifier (e.g. IMSI, E.164 number, IMRN, MSISDN, or operator-assigned SCC AS PSI) provided via the transport-layer context. This identifier is considered trustworthy, as it originates from the authenticated EPS session and is used by the SCC AS to validate the UE's identity before providing services.
For transport, the User Plane uses RLC Acknowledged Mode (AM) for the signalling bearer to ensure reliable delivery and RLC Unacknowledged Mode (UM) for the media bearer to reduce latency. Both bearers can be configured by the eNB as needed.
Because codec negotiation is handled entirely by the interworking function, there is no need for direct capability exchange between endpoints. This simplifies the UE design and enables a seamless, efficient voice experience across diverse network and device types.
[bookmark: _Toc215122813]6.4.1.4	QoS support
NB-IoT does not support dedicated bearer setup with Guaranteed Bit Rate (GBR), which is commonly used in eMBB and LTE networks to support IMS call setup. To enable differentiated treatment of IMS session traffic over NB-IoT NTN via GEO satellite, alternative strategies must be considered.
One approach is to assign an existing or newly defined QCI to voice traffic over these links. This QCI is applied to the default bearer associated with a dedicated APN configured specifically for IMS services over NB-IoT NTN via GEO. The QCI parameters should be optimized to meet the performance requirements of conversational voice in high-latency, narrowband environments.
It is also recommended to configure separate APNs for signalling and media traffic, each using its own default EPS NIDD UP bearer. This enables the core network to prioritize traffic by assigning higher scheduling priority, applying distinct DSCP markings or packet filters and optionally routing media traffic through a dedicated PGW optimized for low latency or accelerated processing.
At the RAN level, the DRBs established for IMS traffic over NB-IoT GEO should be treated with elevated priority, including preferential scheduling and minimized packet discard during periods of congestion.
[bookmark: _Toc215122814]6.4.2	Procedures
[bookmark: _Toc215122815]6.4.2.1	MO Call Procedures
Figure 6.4.2.1-1 provides an example flow for MO call procedures.


Figure 6.4.2.1-1: Example flow for MO call procedures
0.	UE-A access IMS service over NB-IoT NTN via GEO with an indication to use IMS over UP NIDD APN.
1.	In step 1a, the UE-A initiates the attach procedure by the transmission of an Attach Request, with PDN connection type "Non-IP". The Attach Type indicates that the UE requests a combined EPS/IMSI attach. And the network is informed that the UE is capable and configured to use UP NIDD for IMS voice via GEO.
	The PDN connection associates a PDN represented by an APN and a UE represented by UE Identity for Non-IP PDN Types as specified in TS 23.401 [5].
	In step 1b, steps 3 to 16 of the EPS Attached procedure are performed as specified in TS 23.401 [5].
2.	In step 2a, the MME sends a Location Update Request towards MSC Server/VLR via SGs.
	In step 2b, the MSC/VLR Server enhanced for ICS performs location update, authentication and obtains subscriber data. The VLR updates the HLR with the current location of the UE.
	In step 2c, The HLR acknowledges the update, confirming that the UE is now associated with the MSC Server/VLR serving the NB-IoT NTN. A Location Area Update Accept is returned to the MME.
	The UE then performs the remaining steps to set up the IMS call via NB-IoT NIDD UP NTN.
3.	Steps 17 to 26 of the EPS Attached procedure are performed as specified in TS 23.401 [5]. And the EPS Attach procedure is completed with default bearer, with the DRB for IMS I1 signalling. "Delivery using a Point-to-Point (PtP) SGi tunnel", as defined in clause 4.3.17.8.3.3 of TS 23.401 [5], can be used to deliver the Non-IP data at the SGi interface. Specifically, the tunnel parameters (i.e. destination IP addresses and UDP ports to the SCC AS or Media GW) for SGi PtP tunnelling based on UDP/IP are pre-configured on the P-GW. For uplink Non-IP data, the P-GW forwards the received data to the AS over the SGi PtP tunnel. For downlink Non-IP data, the reverse operations can be performed.
NOTE:	The PtP tunnel and transport protocol for I1 messages are pre-configured and under operator control.
4.	The MSC Server enhanced for ICS decides to initiate IMS registration for this subscriber if the subscriber is not already registered following steps 4-11 of clause 7.2.1.2 of TS 23.292 [15].
5.	With the information of the completion of the first PDN connectivity with NB-IoT NTN UP NIDD, UE initiates the default bearer in the other PDN connection for voice payload in this step. The voice payload as encapsulated in the NIDD may include simplified RTP header or without RTP header, with standard RTP header being added back after media gateway in IWF as illustrated in Figure 6.4.1.3-1. QoS mechanisms is outlined in clause 6.4.1.4.
6.	In step 6a, UE-A initiates a call by sending an ICS Call Initiation Request over I1 reference point containing the UE-B address. In step 6b, the SCC AS sends the SCC AS PSI DN for the purpose of UP NIDD bearer setup to the UE over the I1 reference point.
7.	UE-A sends an I1 INVITE to the SCC AS with SCC AS PSI (for the purpose of UP NIDD bearer setup) and SDP-MGW, e.g. codec supported, etc.
8.	The SCC AS invokes a B2BUA, terminating the UE-A Leg and originating a leg for presentation of an IMS session towards UE-B on behalf of UE-A. The SCC AS correlates the signalling session bearer (over UP-NIDD) with the IMS service control signalling session using the SCC AS PSI and creates a SIP INVITE containing the SDP received in the UP-NIDD I1 signalling path. The INVITE request is routed from the SCC AS to the IMS core where standard IMS originated session processing and routes the request onwards to the UE-B.
9.	Completion of the Service Control Signalling Procedures.
10.	As described in clause 6.4.1.3, with the knowledge of both UE-A and UE-B's codec capabilities, the MGW determines, without further negotiation, whether a transcoding is necessary.
11.	Media Session continues between two parties UE-A and UE-B.
[bookmark: _Toc215122816]6.4.2.2	MT Call Procedures


Figure 6.4.2.2-1: MT Call Procedures
Steps 0-4 in Figure 6.4.2.2-1 are identical to steps 0-4 in Figure 6.4.2.1-1.
5.	An incoming SIP INVITE is received at the IMS core of the UE-A party from UE-B.
6.	The IMS core (e.g. S-CSCF) executes terminating initial Filter Criteria and forwards the SIP INVITE to the SCC AS.
7.	The SCC AS sends a Session Progress response to the IMS and forwards the Session Progress response to UE-B.
8.	The SCC AS performs Terminating Access Domain Selection (T-ADS) and if informed of the UE-A capability for I1 during IMS registration, chooses the NIDD UP domain for the setup of the media.
	T-ADS takes into account the access network work's capability, UE capabilities, IMS registration status, existing active sessions, user preferences, operator policies such as access network specific voice domain preferences and the media component types and assist in delivery of an incoming session to route the session using the UP bearer over NB-IoT NTN access.
9.	The SCC AS terminates the session from UE-B and establishes a new session over I1 by sending an Incoming Call Request to the UE-A.
	The Incoming Call Request may include an indication instructing UE-A to initiate the NIDD UP bearer establishment procedure for a second default bearer for voice payload.
	Additionally, the Incoming Call Request may contain the SCC AS PSI DN, allowing the SCC AS to later correlate outgoing service control signalling with the incoming I1 control signalling over the NIDD-UP bearer.
10.	Triggered by I1 ICS Incoming Call message, the UE initiated a default bearer setup for voice payload. This bearer utilizes the QoS mechanisms outlined in clause 6.4.1.4. In step 10a, the MGW determines codec selection for media session and perform transcoding if required.
11.	In steps 11a-11b, UE-A sends a I1 ALERT to the SCC AS and the SCC AS forwards SIP 180 Ringing message to UE-B. In steps 11c-11d, UE-A sends I1 SUCCESS message to the SCC AS and the SCC AS forwards a SIP 200 OK message to UE-B in response to the INVITE received at step 6.
12.	Media Session continues between two parties UE-A and UE-B.
[bookmark: _Toc215122817]6.4.2.3	Emergency Call Procedures
The SCC AS terminates the I1 session and originates a SIP emergency session directly toward the E-CSCF. If the SCC-AS detects an IMS emergency call over NIDD-UP via GEO, e.g. through emergency service indication in the initial I1 message or based on the dialled emergency number from an NB-IoT UE accessing via GEO NTN, it may interwork with IMS for routing the emergency session to the PSAP.
If emergency registration is performed using the I1 interface toward the SCC-AS and the SCC AS then proceeds to send the emergency session initiation request to the E-CSCF in the IMS core using standard SIP signalling, by following the architecture in Figure 6.4.1.3-1.
If the SCC AS is required to handle anonymous emergency calls (e.g. due to local regulations), it shall skip the IMS registration step and directly send the anonymous emergency session initiation to the E-CSCF using SIP. The identity used may be derived from configuration or replaced with a temporary anonymous identifier as per IMS emergency call procedures.
If the emergency session is tagged with eCall indication from the UE (e.g. via a special I1 information element), the SCC-AS may include the IMS eCall indication in the SIP INVITE to the E-CSCF. The Minimum Set of emergency related Data (MSD) shall be transferred via the User Plane NIDD media bearer. The SCC AS and IMS shall transport the MSD data transparently end-to-end from UE to the PSAP, maintaining the format generated by the UE.
For a UE that has established a NIDD bearer with the SCC AS, but has not yet performed any form of logical registration for IMS service control (e.g. via I1), the SCC AS may follow a behaviour equivalent to a non-enhanced interworking node, potentially routing the call using pre-configured emergency handling mechanisms or default service logic.
It is further proposed that existing location services can be used to obtain the UE location (e.g. geographical location) meeting regulatory requirements, when the UE establishes an IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC. Location handling procedures specified in Annex H.4 of TS 23.167 [7] can be followed.
[bookmark: _Toc215122818]6.4.3	Impacts on Services, Entities and Interfaces
MSC Server/VLR:
-	Deployed in an Interworking Function to maintain SGs association towards MME for EPS/IMSI attached UE.
MME:
-	Support the function of selecting a single PGW for both non-IP PDN connections of a UE.
UE:
-	Support of I1-like client, but it could be done with APP via software implementation. It does not require the existence of SIP stack.
SCC AS:
-	Deployed in an Interworking Function to support to create SIP message from I1 messages received in the NB-IoT NTN bearer path and support of emergency call handling.
IWF:
-	New interworking functionalities performing I1 signalling termination & processing, SIP interworking, media gateway control and adaptation, emergency call handling and transport/encapsulation for tunnel endpoints.
[bookmark: _Toc215122819]6.5	Solution #5: Support of IMS voice NB-IoT NTN connected to EPC using control plane bearers and new SRBs
[bookmark: _Toc215122820]6.5.0	High-level solution Principles
This solution addresses Key Issue 1 and supports IMS voice call GEO via NB-IoT NTN connected to EPC using CP bearers.
This solution is underpinned by the usage of a new SRB (Signalling Radio Bearer) dedicated to transmit voice packets using Control Plane CIoT EPS Optimisation which needs to be defined by RAN WGs.
[bookmark: _Toc215122821]6.5.1	Description
[bookmark: _Toc215122822]6.5.1.1	Requirements
To support IMS voice service, two service data flows (SDFs) need to be supported: one for IMS signalling and the other for IMS voice packets. The voice packet flow is a real-time flow with stringent delay requirements. Due to the high round trip time over a GEO satellite link, this flow does not lend itself to acknowledged mode transmission on the radio. The IMS signalling flow on the other hand requires high reliability and can tolerate some delay.
Considering the above, when Control Plane CIoT EPS optimisation is used as defined in TS 23.401 [5], these two SDFs need to be carried over two separate signalling radio bearers (SRBs) over the air in order to meet the different QoS requirements.
The transport of the voice packet SDF should be performed with the minimum protocol overhead possible in order to minimize the delay.
[bookmark: _Toc215122823]6.5.1.2	Network architecture
Figure 6.5.1.2-1 below shows high level architecture for NB-IoT NTN connected to EPC using EPS bearers that use Control Plane CIoT EPS optimisation. The details of the mapping of the SDFs to EPS bearers are described in more detail in clause 6.5.1.4.

Figure 6.5.1.2-1: Architecture for NB-IoT NTN connected to EPC using CP CIoT
[bookmark: _Toc215122824]6.5.1.3	PDN connection types
The PDN type of the PDN connection can be IP or non-IP. For the set of combinations, the following options are possible based on today's standards:
a)	Both SDFs are transported over the same PDN connection with PDN type IP. In this case:
-	The IMS signalling flow uses SIP/UDP/IP stack;
-	The voice packet flow uses RTP/UDP/IP stack;
b)	Both SDFs are transported over the same PDN connection with PDN type non-IP:
-	The voice packet flow uses RTP/NIDD stack. In this case the PGW strips out the IP header, parts of UDP header and some parts of the RTP header and uses non-IP PDN connection to transfer the data to the UE. The exact headers from UDP that need to remain will depend on whether one or multiple calls need to be supported simultaneously, in this case the source and destination UDP ports need to remain. The exact header from RTP that needs to remain depends on SA WG4 (see LS S2-2507577).
Editor's note:	The protocol stack for the IMS signalling flow for this case is FFS.
c)	IMS signalling flow and the voice packet flows use different PDN connections. Namely, the IMS signalling flow uses PDN type IP and the voice packet flow uses PDN type non-IP (RTP/NIDD stack).
[bookmark: _Toc215122825]6.5.1.4	Bearer mapping
[bookmark: _Toc215122826]6.5.1.4.1	Bearer mapping (General)
The IMS signalling SDF and the voice packet flow have different transport requirements in terms of delay and reliability. For example, the voice data flow cannot use RLC Acknowledged Mode (AM), while the IMS signalling flow uses RLC AM. Therefore, the voice packet flow requires a separate SRB from the SRB used for IMS and NAS signalling. The architecture with the mapping of SDFs onto EPS bearers and then signalling radio bearers is shown in Figure 6.5.1.4-1. This architecture includes a new SRB dedicated to transporting the voice packet flow (SRBx).

Figure 6.5.1.4-1: Bearer mapping for IMS voice over GEO via NB-IoT NTN connected to EPC using CP CIoT
Editor's note:	Whether a separate SRB is needed for the IMS signalling flow depends on RAN and is FFS.
[bookmark: _Toc215122827]6.5.1.4.2	Bearer mapping when using IP type PDN connection
In IMS voice sessions for E-UTRAN/EPS the establishment of the dedicated EPS bearer that carries the voice packets is established "on demand" using dynamic PCC and the QCI-1 that is used for that purpose is GBR. Considering that NB-IoT does not support GBR bearers and establishment of dedicated EPS bearer in tandem with the IMS call setup will introduce additional delays some different arrangement is needed. What is proposed is:
-	The default EPS bearer of the IMS PDN connection is that of QCI-5 and is used to carry IMS signalling;
-	An additional dedicated EPS bearer is established in combination with or directly after the default EPS bearer activation at Attach or UE requested PDN connectivity procedures to carry the voice packets. This EPS bearer needs a new QCI to be defined since none of the existing standardised QCIs has QCI characteristics that can be matched by the NB-IoT NTN RAT;
Editor's note:	It needs to be discussed with RAN2 whether it is preferential the new QCI needed for the EPS bearer used for voice traffic over NB-IoT NTN is preferred to be GBR or non-GBR is FFS.
-	If combined bearer activation is used, following the steps of Annex F, in steps 7a/7b of TS 23.401 [5], depending on whether the Attach or PDN connection establishment procedure is used MME sends the S1-AP Initial Context Setup Request or S1-AP Bearer Setup Request message to the eNodeB, including the NAS parts for both the Attach Accept message of the Attach procedure and the Bearer Setup Request of the Dedicated Bearer Activation Procedure. Otherwise, a separate dedicated EPS bearer is established after the Attach or PDN Connection establishment. Similarly, in message 8, RRC Reconfiguration is used. Neither of these S1-AP and RRC messages and procedures are currently supported for NB-IoT UE, MME and eNodeB supporting only Control Plane CIoT EPS optimisation.
Editor's note:	Security Issues regarding the support of RRC Reconfiguration for Control Plane CIoT EPS optimisation need to be checked with SA WG3.
	They are though supported for UE, MME and eNodeB supporting S1-U and can be re-used as follows:
-	In accordance with the steps outlined in TS 23.401 [5], the "Initial Context Setup Request" or Bearer Setup Request from the MME to the eNodeB shall be able to indicate a request to establish dedicated SRB(s) and the associated EPS bearer id(s).
-	The subsequent "RRC Connection Reconfiguration Request" from the eNodeB towards the UE shall include the associated EPS bearer identities for the corresponding SRB(s). The SRB identity for the new SRB will be defined by RAN WG2.
NOTE:	Whether there is limitation on adding SRBs during RRC reconfiguration will be discussed in RAN WG2. SRB2 is added (via RRC Reconfiguration procedure) only after UE sends Attach Request over SRB1. The limitation is that the legacy srb-Identity IE is enumerated type (1,2) and so is the srb-Identity-v1530 (4). So RAN WG2 would have to add a new srb-Identity-v19 to specify the number for the new SRB to support this solution.
-	For the dedicated EPS bearer for the voice traffic the detailed UL and DL TFT containing all the 5-tuple information cannot be decided until the IMS session is established. At the beginning i.e. at time of Attach/PDN connection establishment, a "block all" filter shall be used for both the UL and DL. At the time of the IMS call setup, the DL TFT can be updated based on clause 7.4.2 of TS 23.203 [17]. At the time of the call setup the PDN GW initiated bearer modification without bearer modification procedure can be executed towards the UE using Downlink NAS Transport. The UL TFT in order to reduce the "over the air" signalling, the UE can locally derive based on the SDP information exchanged at the time of IMS call setup and replace the previously use "block all" packet filter.
Editor's note:	What information needs to be included in the Downlink NAS Transport and how to optimize the overhead is FFS.
[bookmark: _Toc215122828]6.5.1.4.3	Bearer mapping when using non-IP type PDN connection
An additional challenge in supporting voice traffic over NB-IoT NTN via GEO satellite lies in fulfilling the data rate and call setup time requirements, taking into account the increased round-trip delay inherent to GEO satellite links. To address this, one alternative approach would be the use of a non-IP PDN type, rather than an IP-based PDN. This would for instance reduce the protocol overhead (see clause 6.5.1.5). The use of a non-IP PDN type could apply regardless of whether Control Plane CIoT EPS Optimization is used or not.
However, in case of non-IP PDN type, the TFT filters can no longer use IP 5-tuple (i.e. source/destination IP addresses port numbers and transport protocol) to map traffic to separate EPS bearers. Hence, the following new functionalities are proposed:
-	The separation of IMS signalling and voice media shall be based on the traffic type (SIP or I1 vs. RTP/RTCP) in the UL direction. The UE shall map the UL traffic based on the traffic type to the corresponding EPS bearer identities and shall use the corresponding radio bearer(e.g. SRB as per this proposal) for the EPS bearer as configured in the RRC.
-	In DL direction, the PGW shall map the DL traffic using DL TFT as a PDN type PGW as per existing mechanism for IP PDN type i.e. using IP 5-tuple (i.e. source/destination IP addresses port numbers and transport protocol) using existing mechanisms defined in TS 23.401 [5] and TS 23.203 [17].
[bookmark: _Toc215122829]6.5.1.5	Protocol overhead for the voice packet flow
The protocol overhead for the voice flow (SRBx) is discussed below. This overhead is per voice packet.
MAC layer overhead: MAC layer overhead is one byte, since there will be only one MAC PDU per TBS.
Editor's note:	Whether to use "Single MAC PDU per TBS" is FFS based on SA4 and RAN2 discussion.
RLC layer overhead: For RLC Unacknowledged Mode (UM) it is one byte. For RLC Transparent Mode (TM) it is zero.
Editor's note:	Whether RLC UM or RLC TM is used is FFS based on RAN WG2 feedback.
RRC overhead: The only overhead due to RRC encapsulation over SRBx is the length indicator for the NAS PDU, which is up to one byte. The length indicator could potentially be also eliminated (see clause 6.5.1.6).
Editor's note:	Whether RRC encapsulation overhead can be eliminated is FFS based on RAN WG2 feedback.
NAS layer overhead: In Rel-19, CT WG1 specified a new NAS message for data transfer over NAS a reduced NAS layer overhead of 3 bytes. The NAS layer overhead could potentially be reduced to zero (see clause 6.5.1.6).
Editor's note:	Whether further NAS layer overhead reduction is possible is FFS based on CT WG1 and SA WG3 feedback.
NAS security overhead: NAS layer security overhead consists of 4 bytes for MAC (integrity protection) and one byte for SN. However, VoLTE is currently transported without integrity protection in all commercial deployments since User Plane Integrity Protection in E-UTRAN/EPC even though it is standardized is not commercially deployed. If accordingly user plane integrity protection is not required, the NAS security overhead could be one byte.
Editor's note:	Whether voice packets can be transported via SRBx without integrity protection is FFS and needs to be discussed with SA WG3.
Editor's note:	It is FFS whether the assumption regarding the best case of NAS protocol overhead is possible. It needs coordination with SA WG3 and CT WG1
IP/UDP/RTP overhead:
-	For IP PDN type: RoHC overhead after RoHC context establishment (full compressed packet) is 3 bytes. However, the IP/UDP/RTP overhead without RoHC (e.g. during RoHC context (re-)establishment) is at least 30 bytes.
-	For non-IP PDN type (RTP/NIDD), the RTP overhead is one byte (for RTP sequence number). The UDP overhead will depend on whether one or multiple IMS calls can be supported simultaneously over NB-IoT NTN. If more than 1 call needs to be supported simultaneously adding the source and destination UDP ports headers is 4 bytes.
Editor's note:	Whether 1 octet of RTP header (RTP sequence number) is sufficient needs to be checked with SA WG4.
Editor’s note: The UDP overhead will depend on whether one or multiple IMS calls can be supported simultaneously over NB-IoT NTN
Table 6.5.1.5-1 summarizes the overhead size for different protocol layers and provides the total overhead for the best case and the worst-case scenario.
Table 6.5.1.5-1: Protocol overhead for voice packet flow over the control plane
	Protocol layer
	Description
	Best Case 
	Worst case
	Comments/impacts

	MAC
	Single MAC PDU per TBS
	1B
	1B
	Supported in the specs.

	RLC
	TM or UM
	0 (TM)
	1B (UM)
	0 bytes requires spec support for RLC TM/UM for SRB.

	RRC
	RRC encapsulation of the NAS PDU
	0
	1B
	For zero RRC overhead see section 6.5.1.6.

	NAS protocol
	NAS message overhead
	0B
	3B
	CT WG1 work in Rel-19 reduced NAS OH to 2 bytes.
For zero NAS overhead see section 6.5.1.6.

	NAS security 
	MAC and NAS SN
	1B
	5B
	1B requires MAC suppression.

	IP/UDP/RTP
	
	1B
	3B-30B
	For non-IP PDN type: 1B for RTP SN and 4B for source/destination UDP ports if more than one IMS calls are to be supported simultaneously.
For IP PDN type: 3B for RoHC. 30B during RoHC context (re-)establishment.

	[bookmark: _PERM_MCCTEMPBM_CRPT21580006___2][bookmark: _PERM_MCCTEMPBM_CRPT93820000___2][bookmark: _PERM_MCCTEMPBM_CRPT84250000___2]TOTAL
	
	3B
	13B-41B
	Key factors affecting OH:
-	MAC (integrity protection) suppression.
-	IP vs non-IP PDN type.
-	For IP PDN type: RoHC OH during RoHC context (re-)establishment.
-	SRB identification over S1-AP (see section 6.5.1.6).
-	NAS PDU size pre-negotiation over SRBx (see clause 6.5.1.6).



The overhead data rate depends on the packet rate. For example, for a 3B and a 6B overhead per packet and 50 packets per second (one packet each 20 ms), the overhead data rate would be 1200 bps and 2400 bps, respectively.
[bookmark: _Toc215122830]6.5.1.6	Protocol overhead reduction for the voice packet flow
It is possible to leverage the SRBx dedicated to the transport of the voice SDF to eliminate both the RRC and the NAS layer overhead. The NAS layer overhead discussed in this clause does not include the NAS security overhead.
[bookmark: _Toc215122831]6.5.1.6.1	RRC overhead reduction
Since SRBx is dedicated to the transport of the voice SDF, no RRC messages are needed over SRBx, i.e. SRBx can carry the DedicatedInfoNAS IE (NAS PDU) directly. This way, the RRC overhead could be reduced to zero. In other words, the voice packet  will be identified over the air using the logical channel ID of the SRBx at the MAC layer.
Editor's note:	Whether voice packets could be identified over the air only using the logical channel ID of the SRBx at the MAC layer is FFS. This needs to be discussed with RAN WG2.
Editor's note:	It is FFS whether the assumption that the voice and silent packets have constant size for a given codec rate stands. This may need coordination with SA WG4.
[bookmark: _Toc215122832]6.5.1.6.2	NAS layer overhead reduction
Since SRBx is dedicated to the transport of voice pace SDF, any NAS PDU received by the MME over SRBx contains a voice packet. Therefore, NAS layer overhead is not needed to inform the MME about the content of the NAS PDU received over SRBx. To associate the NAS PDU with SRBx, the eNB could insert an indication e.g. signalling bearer identity in the S1-AP NAS transport messages (similar to how the legacy EDT session indication IE indicates the association with an EDT session in the S1-AP Initial UE message).
[bookmark: _Toc215122833]6.5.2	Procedures
No new signalling procedures are necessary to describe the solution.
[bookmark: _Toc215122834]6.5.3	Impacts on Services, Entities and Interfaces
Editor's note:	This clause captures impacts on existing 3GPP nodes and functional elements.
MME:
-	Based on the UE support for dedicated SRB(s) and possibly based on the user subscription, decides to utilize dedicated SRB(s) with the UE.
-	Supports establishing of dedicated SRBs in Initial Context Setup Request or Bearer Setup Request.
-	Supports indication of SRB creation for EPS bearer ID.
- For non-IP PDN type, supports multiple EPS bearers
eNodeB:
-	Supports creation of SRB(s) as requested by MME in Initial Context Setup Request or Bearer Setup Request.
-	Supports indication of EPS bearer identities also for SRB(s) in RRC connection reconfiguration request.
-	Possible impact related to RLC mapping.
-	Support "RRC Connection Reconfiguration Request" for Control Plane CIoT EPS Optimisation.
UE:
-	Indicates the support for dedicated SRB(s) to MME.
-	Supports indication of EPS bearer identities also for SRB(s) in RRC connection reconfiguration request.
-	For non-IP PDN type, support TFTs in Session Management request.
PGW:
-	For non-IP PDN type, supports multiple EPS bearers and indication of traffic type in TFTs in EPS bearer establishment/modification procedures with SGW/MME.
-	Needs to handle IP DL TFTs and map to non-IP EPS bearers e.g. strip out IP protocol headers, etc.
PCF/PCRF:
-	For non-IP PDN type, if dynamic PCC is employed, supports multiple PCC rules and indication of traffic type to PGW.
[bookmark: _Toc215122835]6.6	Solution #6: Support establishing dedicated bearer for QoS differentiation for CP based IMS voice service over NB-IoT (GEO)
[bookmark: _Toc215122836]6.6.0	High-level solution Principles
This solution addresses KI#1 to support IMS voice call over NB-IoT via GEO connecting to EPC.
The following principles are applied to this solution:
-	Procedure on Data Transport in Control Plane CIoT EPS Optimisation is used as baseline.
-	EPS enhancement to support dedicated bearer for the IMS voice service over NB-IoT(GEO).
-	IMS signalling is transmitted via the default bearer, IMS voice data is transmitted via the dedicated bearer.
-	Dedicated bearer can be pre-established during IMS PDN connection establishment to reduce delay for the IMS voice service over NB-IoT(GEO).
[bookmark: _Toc215122837]6.6.1	Description
The TS 23.401 [5] specifies dedicated bearer is not supported over NB-IoT. GBR bearer is not supported in the NB-IoT RAT. These restrictions may not enable NB-IoT to support the QoS requirement of an IMS voice service considering the IMS signalling and the IMS voice data transmission have different QoS requirements (i.e. current IMS voice transmission using GBR bearer with QCI = 1, while IMS signalling using non-GBR bearer with QCI = 5).
The solution proposes to remove those restrictions mentioned above to achieve IMS voice service over NB-IoT via GEO connecting to EPC. The solution is based on CP CIoT EPS Optimisation.
To enable the IMS voice transmission via NB-IoT control plane, an IMS PDN connection containing one default bearer and one dedicated bearer is proposed to transmit the IMS voice service, which can be depicted in figure 6.6.1-1.

Figure 6.6.1-1: IMS signalling via default EPS bearer and voice data via a dedicated EPS bearer
The IMS PDN connection based on IP type, therefore, the protocol stack could be as follows:

Figure 6.6.1-2: Protocol stack for IMS signalling

Figure 6.6.1-3: Protocol stack for IMS voice data
The following procedure is an example to create one default bearer and one dedicated bearer to support IMS voice service.
[bookmark: _Toc215122838]6.6.2	Procedures

Figure 6.6.2-1: IMS signalling and voice data delivery in CIoT EPS Optimisation over NB-IoT via GEO satellite
Attach:
0.	A UE, supporting IMS voice service over NB-IoT(GEO), camps on a NB-IoT(GEO) cell.
1.	The UE initiates the Attach procedure by the transmission of an Attach Request to the MME, including the Preferred Network Behaviour indicates "Control Plane CIoT EPS Optimisation is preferred", its supporting of IMS voice over NB-IoT indication.
2.	The MME process the Attach request from the UE. If the attach is successful, it sends an Attach Accept message to the UE. The MME indicates Control Plane CIoT EPS Optimisation is supported in the Supported Network Behaviour information. If IMS voice service over NB-IoT is supported when the UE is using the NB-IoT(GEO) and the UE is allowed to use IMS voice over NB-IoT(GEO) based on the UE subscription information , the IMS voice over NB-IoT Support indication is contained in the message as well.
If an ESM container is included in the attach request and IMS related APN is provided, an IMS PDN connection is established during the attachment. Otherwise, a separate PDN connection establishment procedure is performed to establish the IMS PDN connection.
PDN connection establishment for IMS voice service:
3.	Based on the IMS voice over NB-IoT(GEO) Support indication, the UE can initiate a PDN connection establishment for IMS service by using an APN related to the IMS service and the request PDN type is set as IP.
4.	If the IMS PDN connection is allowed to establish, a default bearer for the IMS PDN connection is established.
Moreover, considering the dedicated bearer establishment triggered by IMS call setup will cause additional delays, the dedicated bearer can be pre-established in combination with the default bearer establishment. The NB-IoT (GEO) RAT type is sent to PGW via the create session request. The PGW can make use of this information to grant dedicated bearer to be established for the IMS APN PDN connection. In this case, two EPS bearers (one default bearer identified by EBI-1 and one dedicated bearer identified by EBI-2) are established for the IMS PDN connection over NB-IoT(GEO). To prevent the use of the dedicated bearer before IMS voice session is established, the TFT binding to the dedicated bearer shall be set to block all packets from the UL and DL.
Editor's note:	Whether new QCI is needed for supporting IMS voice service over NB-IoT NTN via GEO is FFS.
5.	The steps 7-12 in Annex F of TS 23.401 [5] are reused. If both the default bearer and dedicated bearer are activated, the EBI-1 and EBI-2 are provided to the UE.
After the IMS PDN connection is established, the UE can perform IMS registration as specified in clause 5.2.2 of TS 23.228 [6], which is via the default bearer of the IMS PDN connection. Then the UE can initiate IMS voice call setup.
After the above steps, the UE may return to RRC_IDLE.
IMS call setup:
6.	If there is no available dedicated bearer in step 2 or 4 and the UE has a pending IMS voice call, if the UE is in RRC_IDLE, the UE may trigger the MME to pre-establish the dedicated bearer using the RRC establishment cause ("MO Voice Call") during the process of entering RRC_CONNECTED from RRC_IDLE as described above. Otherwise, if the UE is in RRC_CONNECTED, the UE may trigger to pre-establish the dedicated bearer using the Bearer Resource Allocation procedure as described in clause 6.5.3 of TS 24.301 [17].
	The UE can initiate IMS signalling negotiation with remote UE by using CP CIoT EPS Optimisation as defined in clause 5.3.4B.2. The NAS PDU carries the encrypted uplink IMS signalling and EBI-1 to the eNodeB of the NB-IoT(GEO). The UE maps to NAS PDU carrying the IMS signalling to the SRBx,
6a.	The eNodeB of the NB-IoT(GEO), based on configuration, may retrieve the EPS negotiated QoS profile from the MME. The QoS profile may be applied to prioritise between requests from different UEs.
7.	The NAS PDU sent in step 6 is relayed to the MME by the eNodeB using a S1-AP Initial UE message.
8.	The MME checks the integrity of the incoming NAS PDU and decrypts the data it contains.
9.	Based on the received EBI-1, the MME maps the uplink IMS signalling data to the default bearer and deliveries it to the P-GW.
10.	The Downlink IMS signalling is delivered via the default bearer, details can refer to steps 9-12 of Figure 5.3.4B.2-1 of TS 23.401 [5]. The eNB maps the DL traffic carrying the IMS signalling to the SRBx.
11.	The P-CSCF sends diameter AAR to the PCRF which provides the QoS requirement based on the SIP negotiation. The PCRF generates the PCC rule for the IMS voice data and provides it to the P-GW.
12.	If the dedicated bearer has already established during the IMS PDN connection establishment, the PCC rule installation may trigger P-GW to initiate dedicated bearer modification as described in clause 5.4.3 of TS 23.401 [5] to update the DL TFT. The UL TFT can be updated by the UE locally based on the IMS SDP negotiation result.
Otherwise, if there is no dedicated bearer for the IMS PDN connection, the PCC rule installation may trigger P-GW to initiate the dedicated bearer creation procedure as specified in step 2-11 in clause 5.4.1 of TS 23.401 [5].
13.	When the P-GW receives a downlink IMS voice data, it delivers the downlink data to the S-GW and further to MME via the dedicated bearer.
14.	The MME encrypts and integrity protects Downlink IMS voice data.
15.	The MME sends the encrypt downlink IMS voice data along with EBI-2 using a NAS PDU carried by a Downlink S1-AP message. The eNB maps the DL traffic of IMS voice packet to the SRBy.
16.	The NAS PDUwith IMS voice data is delivered to the UE via a Downlink RRC message.
17.	The uplink IMS voice data transmission via the dedicated bearer can refer to steps 16-19 of Figure 5.3.4B.3-1 of TS 23.401 [5]. The UE maps to UL traffic of IMS voice packet to the SRBy.
Editor's note:	Whether new SRB is needed for IMS signalling or IMS voice data transmission is FFS and depends on RAN implementation.
Editor's note:	Whether and how to provide QoS to the IMS voice service via SRB is FFS and depends on RAN implementation.
Editor's note:	Whether and how to enhance or optimize IMS registration, IMS call setup procedures to enable IMS voice over NB-IoT NTN via GEO is FFS.
[bookmark: _Toc215122839]6.6.3	Impacts on Services, Entities and Interfaces
UE:
-	Request for PDN connection establishment for IMS voice service when using NB-IoT NTN via GEO.
-	Support dedicated bearer when using NB-IoT NTN via GEO for IMS voice service.
-	Support to update UL packet filter locally based on the IMS SDP negotiation result.
-	Indicating to pre-establish the dedicated bearer for voice and optionally together with during the PDN connection establishment procedure, or Service Request procedure, or Bearer Resource Allocation procedure.
MME:
-	Support verification of IMS voice call subscription considering NB-IoT (GEO), UE and network capability for supporting IMS voice over NB-IoT(GEO).
-	Provide IMS voice service over NB-IoT support indication to UE.
-	Support for PDN connection establishment for IMS voice service when using NB-IoT NTN via GEO.
-	Support to pre-establish dedicated bearer (GBR bearer) for UE using IMS service over NB-IoT NTN via GEO and using the RRC establishment cause ("MO Voice Call").
S-GW/P-GW:
-	Support pre-creating the dedicated bearer, GBR bearer for IMS voice service over NB-IoT (GEO).
eNB:
-	Support pre-creating new SRB for IMS signalling or IMS voice data (depends on RAN study).
HSS:
-	Subscription data indicating whether IMS voice over NB-IoT (GEO) is allowed.
[bookmark: _Toc215122840]6.7	Solution #7: CP based IMS voice call over NB-IoT NTN via GEO satellite using an SRB for both IMS signalling and voice data
[bookmark: _Toc215122841]6.7.0	High-level solution Principles
This solution aims to resolve Key Issue #1, " Support of IMS voice call over NB-IoT NTN via GEO satellite connecting to EPC " with the following key principles:
-	The UE negotiates with MME on its capability of voice call support over NB-IoT as well as support of the Control Plane CIoT EPS optimisation and in addition support of S1-U data transfer.
-	The default EPS bearer is used for both IMS signalling and voice data transmission where an SRB is used for IMS signalling and can be switched to S1-U data transfer for voice data transmission if supported.
-	Bearer modification procedure for the QoS update or resource reservation is skipped or pre-initiated before the call setup in case that voice call would be setup over NB-IoT NTN via GEO satellite.
[bookmark: _Toc215122842]6.7.1	Description
In this proposal, the use of Control plane CIoT EPS Optimisation is assumed to provide IMS voice services via the default EPS bearer. i.e. IMS signalling and IMS voice data are served via the default EPS bearer, which can be updated its non-GBR QoS characteristics if required. Such QoS update is performed before IMS call setup procedure if UE is attached and IMS registered by NB-IoT(GEO). And so the signalling and data are delivered via SRB. Moreover, Control plane CIoT EPS Optimisation can be used initially for SIP signalling for IMS call setup, later if continuous data transmission(e.g. voice call data transmission) is expected, UE may trigger switching to S1-U data transfer.
Editor's note:	Overhead analysis for this approach is to be updated.
[bookmark: _Toc215122843]6.7.2	Procedures
[bookmark: _Toc215122844]6.7.2.1	Attach or TAU procedure negotiating Voice call support over NB-IoT(GEO)
NB-IoT(GEO) cell shall broadcast in the System Information Broadcast, that it supports Control Plane CIoT EPS Optimisation and it can connect to an MME which supports Control Plane CIoT EPS Optimisation.
On camping NB-IoT(GEO), UE who wants to use voice call service over the NB-IoT(GEO), negotiate its capability of voice call support over NB-IoT as well as support of Control Plane CIoT EPS Optimisation by including a Preferred Network Behaviour indication as "Control Plane CIoT EPS Optimisation is supported". and in addition include "S1-U data transfer is supported".
Moreover, UE to use voice call service over the NB-IoT(GEO) needs to include the IE "Voice domain preference and UE's usage setting" as the voice domain preference = "IMS PS Voice only" and UE's usage setting = voice-centric.
For IMS service, an IMS dedicated APN is assumed, which is well-known or pre-configured for voice call over NB-IoT(GEO). So the UE should execute UE requested PDN connectivity procedure for the IMS dedicated APN.
However, due to restriction of NB-IoT RAT that dedicated EPS bearer is not used and GBR bearer is not used, we assume the default EPS bearer is used for both IMS signalling and voice data.
[bookmark: _Toc215122845]6.7.2.2	Default EPS bearer for both IMS signalling and voice data
For IMS service, we assume the default EPS bearer is used for both IMS signalling and voice data, which can be delivered via an SRB.
Editor's note:	It is FFS whether an existing SRB or newly defined SRB is used for delivery.
So in case that UE registers IMS as access type as indicating NB-IoT NTN via GEO satellite, if the voice call is setup between caller and callee, the resource reservation in EPS for voice call should be handled specifically.
P-CSCF requests the resource reservation for voice call traffic(i.e. GBR traffic) over NB-IoT(GEO) to PCRF, but P-GW considers as it does not allocate dedicated & GBR bearer for the voice call traffic(i.e. skip the resource reservation) or, if required, performs bearer modification procedure for the default EPS bearer to upgrade its QoS even as a non-GBR bearer.
Editor's note:	It is FFS whether alternative approach(e.g. P-CSCF provides indication of voice call over NB-IoT(GEO)) is considered.
Moreover if the expected resource for the voice call over NB-IoT(GEO) is static and need upgrade QoS of the default EPS bearer for the voice call traffic, in order to lessen the call setup time such bearer modification procedure can be initiated before IMS call setup procedure.
[bookmark: _Toc215122846]6.7.2.3	S1-U data transfer activation
If S1-U data transfer is supported, UE triggers switching to data delivery via DRB and S1-U bearer by sending control plane service request with active flag for voice call data transmission, which can be used to differentiate priority of voice data from IMS signalling delivered via an SRB.
Editor's note:	It is FFS whether or how to differentiate QoS/priority further between IMS signalling and voice data.
[bookmark: _Toc215122847]6.7.3	Impacts on Services, Entities and Interfaces
UE:
-	Support and use control plane CIoT EPS optimization and capability of voice call support over NB-IoT.
-	Set "Voice domain preference and UE's usage setting" when camping on NB-IoT(GEO).
-	Use default EPS bearer for both IMS signalling and IMS voice data over NB-IoT(GEO) access.
-	Use an SRB to deliver IMS signalling and can trigger switching to S1-U bearer to deliver IMS voice data over NB-IoT(GEO) access.
MME:
-	Support capability of voice call support over NB-IoT.
-	Initiate bearer modification procedure for resource reservation/QoS update for the default EPS bearer before IMS call setup.
P-GW:
-	Allocate IMS signalling and voice mapped to the default EPS bearer.
-	Ignore the GBR characteristics of IMS voice call data traffic for UE if provided(i.e. skip the bearer modification procedure), or instead perform bearer modification procedure for QoS update for non-GBR characteristics if required.
-	Initiate bearer modification procedure for resource reservation/QoS update for non-GBR characteristics of the default EPS bearer before IMS call setup.
[bookmark: _Toc215122848]6.8	Solution #8: Combined CP/UP bearers in a PDN connection
[bookmark: _Toc215122849]6.8.0	High-level solution Principles
This solution addresses KI#1, by using one CP bearer and one UP bearer in IMS PDN connection.
This solution utilizes the benefits of both CP and UP for separate transmission of IMS signalling and voice data, by combining a CP bearer and a UP bearer in a IMS PDN connection. The solution only uses one dynamically allocated radio UP bearer for GEO call, so the remaining radio UP bearer (s) can be used for other services during the voice call, if the NB-IoT UE is assumed to support up to 2 UP radio bearers.
[bookmark: _Toc215122850]6.8.1	Description
This solution focus on the establishment of CP and UP bearer for IMS PDN connection. Other aspects for KI#1, e.g. how the UE decides to request IMS PDN connection based on information from EPS, is not described and is assumed to be solved by other solutions.
The CP bearer is the default bearer and established when the IMS PDN connection is setup, by using existing Control Plane CIOT optimization procedure. The CP bearer is used for transmission of IMS signalling. The UP bearer for transmission of voice data is dedicated bearer dynamically established when the voice path needs to be setup, e.g. during the SIP negotiation between two UEs. In this solution User Plane CIOT EPS Optimisation is optional but not preferred, considering it only benefits for occasional data transmission. The UP bearer can be either Non-GBR or GBR bearer which will be aligned with RAN decision.
To support combined CP and UP bearers in IMS PDN connection, the SGW needs to simultaneously maintain corresponding S11-U path and S1-U path during the IMS call.
[bookmark: _Toc215122851]6.8.2	Procedures
[bookmark: _Toc215122852]6.8.2.1	Network architecture
As specified in Figure 6.8.2.1-1, the internet PDN connection can be established to provide the internet data transfer service and the DRB1 is associated with the default EPS bearer context of the internet PDN connection, thus at most one extra DRB can be established due to non-internet services (NB-IOT only supports 2 DRBs). The UE establishes the IMS PDN connection with default EPS bearer over the SRB (e.g. the SRB1 in Figure 6.8.2.1-1) and when the voice call is initiated the dedicated EPS bearer for voice is established with the DRB2 in Figure 6.8.2.1-1. The RB carries the IMS signalling and the RB carries the voice can use different RLC mode (e.g. IMS signalling over SRB1 is RLC ACK mode and IMS voice over DRB2 is RLC UNACK mode or RLC TRANSPARENT mode).

Figure 6.8.2.1-1: Bearer mapping for IMS voice over GEO via NB-IoT NTN connected to EPC using CP CIoT
The benefit of this approach is the priority can be configured appropriately, e.g.: priority of [RRC signalling, NAS signalling, IMS signalling] > priority of IMS voice > priority of Internet data; as illustrated in Table 6.8.2.1-1.
Table 6.8.2.1-1: Example Priority level for different type of traffics
	Traffics
	Bearer
	Configuration
	Priority Level

	RRC signalling,
NAS signalling,
IMS signalling
	SRB1(-bis)
(ACK Mode)
	SRB by default has higher priority than any DRB
	Highest

	IMS voice
	DRB2
(not ACK Mode)
	e.g. Priority Level 2 if configured with QCI 1 as specified in TS 23.203 [17], Table 6.1.7-A
	Middle

	Internet data
	DRB1
(ACK Mode)
	e.g. Priority Level 9 if configured with QCI 10 as specified in TS 23.203 [17], Table 6.1.7-A
	Low



Editor's note:	Whether a new GBR or non-GBR QCI is needed for the dedicated EPS bearer used for voice, to fit for the characteristics of voice over GEO link is FFS.
Editor's note:	Whether QCI=1 is sufficient or a new QCI (GBR or non-GBR) value needs to be introduced in order to express the difference between the usual voice media that assumes ptime=20ms and the GEO voice media that assumes different longer ptime value.
[bookmark: _Toc215122853]6.8.2.2	Combined CP/UP bearers establishment

Figure 6.8.3.2-1: Combined CP/UP bearers establishment
1.	The UE initiates the PDN Connectivity Request to MME to request IMS PDN connection setup. It may be an initial attach request with PDN connectivity or UE requested PDN connectivity. The UE can indicates its support of combined CP/UP bearers(it is a new capability indication) in Preferred Network Behaviour in initial attach request or TAU.
NOTE 1:	How the UE make the decision to request IMS PDN connection for voice service, e.g. based on information from RAN or EPC, is assumed to be solved by other solutions.
2.	Based on UE support of combined CP/UP bearers, RAT type(NB-IoT access), UE subscription of using GEO call and network capability, the MME determines to setup the IMS PDU session and allocates S11-U resource for default bearer(CP bearer). The MME sends a Create Session Request to SGW. Before this, the MME selects the SGW supporting combined CP/UP bearers via DNS query.
	The MME includes S11-U info(IP address and TEID) and new indicator of combined CP/UP bearers in Create Session Request. MME can include the QoS for default bearer applied for IMS signalling. The exact QoS value(QCI) for CP bearer can be aligned with RAN decision.
	During the PDN connection setup procedures, the PGW employs an IP‑CAN Session Establishment procedure with the PCRF as defined in TS 23.203 [17] to get the default PCC rules for the UE. The PCRF may configure the QoS parameters (QCI) associated with the default bearer, based on RAT type.
3.	The SGW returns a Create Session Response to MME, including S11-U info of default bearer, following existing procedure.
-	If separation of S11-U from S1-U is required, the SGW shall additionally include the SGW IP address and TEID for S1-U, as described in TS 23.401 [5]. This is different from the S1-U info for dedicated UP bearer applied for subsequent voice data at step 6.
	If indicator of combined CP/UP bearers is received in step 2 from MME, the SGW should not change the default bearer from S11-U to S1-U.
4.	The MME sends Activate Default EPS Bearer request to UE. This message is contained in S1-AP Downlink NAS transport message to eNB. In the NAS message the MME includes combined CP/UP bearers indicator to the UE.
	If indicator of combined CP/UP bearers is received, the UE should not change the default bearer from S11-U to S1-U.
	Above steps 1-4 follows the existing procedures of PDN Connectivity establishment for Control Plane CIoT EPS Optimisation, with enhancement on the IMS PDN connection to support combined CP/UP bearers.
	After the PDN Connectivity is established, the UE uses the CP bearer to transport the SIP signalling to IMS(P-CSCF).
5.	If a call is received in IMS, following the existing IMS procedures, or the enhanced IMS procedures for NB-IoT NTN access described in other solutions, the IMS(P-CSCF) requests the PCRF to authorize the resources necessary to establish a dedicated bearer for voice data transmission. Then the PCRF follows the Dedicated Bearer Activation Procedure as described in clause 5.4.1 of TS 23.401 [5] by sending to PGW a PCC decision provision (PCC rule with QoS policy) message to modify the IP-CAN session.
6.	The SGW shall allocate S1-U resource for the bearer if indicator of combined CP/UP bearers is received in step 2 from MME. The SGW should not request creation of additional CP bearer . The SGW sends the Create Bearer Request to MME including the S1-U info for the Dedicated Bearer.
7.	The MME sends Activate dedicated EPS bearer context request message to UE, if the number of currently activated UP bearers for the UE dose not reach the maximum number of user plane radio bearers(existing NB-IoT specification supports 2 bearers at most). In the message the MME includes QoS(QCI) and TFT for the dedicated UP bearer to the UE.
	Activate dedicated EPS bearer context request message is contained in S1-AP Bearer Setup Request message to eNB. The eNB establishes the corresponding UP bearer, based on QoS info in Bearer Setup Request message.
NOTE 2:	The UP bearer can be either Non-GBR or GBR bearer which will be aligned with RAN decision. The exact QCI value will be aligned with RAN decision.
8.	The MME sends Create Bearer Response to SGW, including EPS Bearer ID and S1-U info for UP bearer from eNB
	After the activation of dedicated UP bearer, the UE can transport the voice data over UP bearer based on TFT.
Editor's note:	How to support both CP bearer and UP bearer for a UE accessing NB-IoT needs coordination with RAN.
[bookmark: _Toc215122854]6.8.3	Impacts to Services, Entities and Interfaces
The following impacts are foreseen by this solution:
MME:
-	Establishment of combined CP/UP bearers in IMS PDN session, with CP for default bearer and UP for dedicated bearer.
-	Indicating to UE and SGW the attribute of combined CP/UP for the IMS PDN connection.
SGW:
-	Establishment of combined CP/UP bearers in a PDN session, with CP for default bearer and UP for dedicated bearer.
PCRF:
-	Decides QoS associated with the default CP bearer and dedicated UP bearer in IMS PDN session based on NB-IoT NTN RAT type.
UE:
-	Establishment of combined CP/UP bearers in a PDN session, with CP for default bearer and UP for dedicated bearer.
-	The UE should not change the default bearer from S11-U to S1-U, if the IMS PDN connection is CP/UP combined.
eNB:
-	Support of activating both CP bearer and UP bearer for a UE, with respective bearer QoS.
[bookmark: _Toc215122855]6.9	Solution #9: Optimisation of IMS voice call initiation over NB-IoT (GEO) when the UE is in Idle
[bookmark: _Toc92875662][bookmark: _Toc93070686][bookmark: _Toc193391839][bookmark: _Toc215122856]6.9.0	High-level solution Principles
This solution addresses KI#1 and the high level principles of the solution are:
-	The UE and Network Support both CP CIoT EPS optimisation and S1-U data transfer.
-	The UE uses IMS user plane for IMS signalling and voice when the UE is in ECM-CONNECTED.
-	The UE indicates active flag in Control Plane Service Request and also includes SIP INVITE in ESM message container when UE the initiate voice call in ECM-IDLE. This activates S1-U bearer and user plane radio bearers for IMS PDN connection.
-	The rest of IMS procedure continues with user plane.
[bookmark: _Toc215122857]6.9.1	Description
The UE triggering IMS voice call over CP have advantage of saving call setup time because Control Plane Service Request message can contain the INVITE message, therefore the waiting time for service request and service accept from the network can be saved. To support QoS of IMS voice data, dedicated GBR bearer is needed over NB-IoT RAT.
Editor's note:	It is FFS whether using GBR bearers provides any benefit for NB-IoT NTN RAT.
This solution describes the enhancement based on the CP CIoT EPS optimisation and establishment of S1-U bearer during Data Transport in CP CIoT EPS Optimisation specified in clause 5.3.4B.4 of TS 23.401 [5]. Basically, the UE uses user plane default bearer for IMS signalling and dedicated bearer for IMS voice when the UE is in ECM-CONNECTED. But when the UE is in ECM-IDLE, the UE use the Control Plan Service Request to send SIP INVITE message with indicating active flag when initiating voice call. The MME forwards the SIP INVITE encapsulated in the ESM message to SGW via S11-U interface and establishes S1-U bearer. Then the rest of IMS SIP signalling and voice are transferred via user plane default and dedicated bearers as existing procedure.
NOTE 1:	Since the NB-IoT UE only support maximum 2 data radio bearers, the MME need to set Control Plane Only Indicator for all other PDNs except for IMS PDN.
After the voice call end the eNB may trigger the S1 release procedure (e.g. due to user inactivity), the MME releases UE context to the eNB and release the radio bearers.
Since the proposed solution only optimize the call initiation part when the UE in ECM-IDLE, it can be used together with other solutions.
NOTE 2:	This solution only addresses the optimisation for MO voice call case, for MT voice call case, when the UE is idle, the UE performs Network Triggered Service Request procedure in clause 5.3.4.3 of TS 23.401 [5] to use user plane for IMS voice and signalling.
[bookmark: _Toc215122858]6.9.2	Procedures
[bookmark: _Toc92875664][bookmark: _Toc93070688][bookmark: _Toc193391841]
Figure 6.9.2-1: High-level procedure for IMS voice over NB-IoT (GEO)
1.	UE provides Attach Request to the NB-IoT (GEO) satellite including Voice domain preference indicates IMS PS Voice only and UE's usage setting indicates voice centric, the Preferred Network Behaviour indicates both Control Plane CIoT EPS Optimisation and S1-U data transfer are supported. The UE may use IMS PDN as attach PDN.
	The MME proceeds the Attach request from the UE. If the attach is successful, it sends an Attach Accept message to the UE. The MME indicates both Control Plane CIoT EPS Optimisation and S1-U data transfer are supported in the Supported Network Behaviour information. The MME also indicates IMS voice over NB-IoT Support indication.
	If the UE is not attached using the IMS PDN, the UE establishes the IMS PDN Connection.
	When the MME receives a PDN Connectivity Request with IMS APN (during Attach or PDN Connectivity Request) and the RAT type of UE is NB-IoT (GEO), the MME checks the UE subscription data (i.e. IMS APN) to determine whether the connection setup for IMS PDN via NB-IoT (GEO) can be authorized.
	When the UE is not initiating a MO voice call, it basically uses the user plane default bearer for IMS signalling. For IMS voice, it always uses the user plane dedicated bearer.
2.	After Attach or PDN Connection procedure, if the UE in ECM-CONNECTED performs IMS registration procedure over the default bearer of IMS PDN Connection (user plane). If the UE in ECM-IDLE triggers UE triggered Service Request in 5.3.4.1 of 23.401 [5] to use user plane because this is not voice call initiation from the UE.
3.	The eNB may trigger S1 release procedure (e.g. due to user inactivity) and the RRC Connection is released.
4.	When the UE initiates a voice call, it sends SIP INVITE message over the Control Plane using CP CIoT EPS Optimisation to the MME. The UE includes the SIP INVITE in the ESM DATA TRANSPORT message of ESM message container in the Control Plane Service Request and indicates active flag towards the MME.
Editor's note:	Including ESM message container in the Control Plane Service Request and indicates active flag needs coordination with CT WG1.
5.	If the S11-U connection is not established, the MME sends and receive Modify Bearer Request/Response with SGW.
6.	The MME forwards the uplink data (SIP INVITE message) from the UE through S11-U bearer.
7.	After the MME forwards the uplink data, the MME sends a Release Access Bearers Request message to the Serving GW that requests the release of all S11-U bearers for the UE.
	If downlink packets arrive for the UE, the Serving GW starts buffering downlink packets received for the UE until the step 11.
8-10.	Based on the Control Plane Service Request with active flag, the MME sends S1-AP Initial Context Setup Request message to the eNodeB for the IMS PDN connection to activate user plane radio bearers and S1-U bearers.
11.	The MME sends a Modify Bearer Request message to setup S1-U User Plane.
As the user plane radio bearer is setup, the UE uses user plane bearer to transfer IMS signalling data.
12.	SIP 100 Trying signalling is transferred over the default EPS bearer (UP)
13-15.	P-CSCF sends to PCRF the AA-Request to activate a dedicated bearer for voice media. Dedicated bearer activation procedure specified in clause 5.4.1 of TS 23.401 [5] is performed and the PCRF responds to P-CSCF with the AA-Answer.
16.	P-CSCF forwards the SIP 183 progress over the default EPS bearer (UP).
17.	The procedures for IMS voice call setup continues over the default EPS bearer (UP).
18.	IMS voice media is transferred over the dedicated GBR EPS bearer (UP).
19.	The voice call end.
20.	The eNB may trigger S1 release procedure (e.g. due to user inactivity) and the RRC Connection is released.
[bookmark: _Toc215122859]6.9.3	Impacts on Services, Entities and Interfaces
UE:
-	Support dedicated bearer over NB-IoT access for GBR.
-	Indicates active flag and includes ESM message container to MME using Control Plane Service Request when voice call start in ECM-IDLE.
-	Support of IMS SIP INVITE data transport in control plane.
eNB:
-	Support dedicated bearer over NB-IoT (GEO) access for GBR.
MME:
-	Indicate to the UE the support of IMS voice over NB-IoT.
-	Support dedicated bearer over NB-IoT (GEO) access for GBR.
PGW:
-	Support dedicated bearer over NB-IoT (GEO) access for GBR.
[bookmark: _Toc215122860]6.10	Solution #10: Support of CP/UP combination and QoS for IMS voice service over GEO satellite with a pair of PDN connections
[bookmark: _Toc215122861]6.10.0	High-level solution Principles
This solution addresses KI#1, in particular QoS aspects.
This solution utilizes a pair of PDN connections.
NOTE:	This solution does not address any optimization aspect e.g. on how to achieve a shorter call setup time or how to transfer SIP message/voice media efficiently in CP or UP. This solution is intended to be used together with other solutions to achieve such optimization.
[bookmark: _Toc215122862]6.10.1	Description
Principles of this solution are as follows:
-	No impacts on the QoS mechanism in UE using NB IoT.
Editor's note:	FFS whether there is still no impact on QoS when the use of GBR is required.
-	Two PDN connections are used for IMS voice, where one without DRB is used for SIP message exchange and the other with DRB is used for voice media. These two PDN connections are linked together by using (newly introduced) PDN connectivity pair ID.
-	Each of the two PDN connections, when established with DRB, uses a default bearer only as per the existing specification. Different QCI is used for the default bearer depending on APN.
Editor's note:	Whether to use GBR for the default bearer or not and what impact is there are FFS.
-	UE may explicitly request to establish PDN connection without DRB by using (newly introduced) "Control Plane Only Indicator requested" indicator.
-	UE internally associates contexts of the two PDN connections.
-	PCRF internally associates contexts of the two PDN connections.
Proposed solution for the issue of coexistence of S11-U and S1-U is as follows:
-	Consider that UE has established an SGi PDN connection using S1-U and an SGi PDN connection using S11-U and that the UE has become in the idle mode. When the UE has pending data for either of these SGi PDN connections, the UE triggers the RRC Connection Resume procedure that is used to resume the SGi PDN connection using S1-U. Upon reception of UE Context Resume Request, MME sends to S-GW both S1-U eNB TEID, which MME has received in Initial Context Setup response and stored and S11-U MME TEID, which MME reserves in itself, by using Modify Bearer Request. Then both these SGi PDN connections are activated. UE sends the pending data via the corresponding PDN connection. In order to allow UE to establish an SGi PDN connection using S1-U and an SGi PDN connection using S11-U, MME is configured to allow establishing these SGi PDN connections under a certain condition (e.g. UE has sent Preferred CIoT network behaviour and UE's usage setting=voice in the Attach procedure).
Aspects for further consideration are as follows:
-	Whether QCI=1 is sufficient or a new QCI value needs to be introduced in order to express the difference between the usual voice media that assumes ptime=20ms and the GEO voice media that assumes ptime= 80ms or 100ms.
-	Whether and how to perform authorization check.
Editor's note:	FFS whether and how to perform authorization check.
-	Potential impacts to IMS nodes (e.g. P-CSCF) due to the use of two PDN connections (i.e. two UE IP addresses).
[bookmark: _Toc215122863]6.10.2	Procedures
[bookmark: _Toc215122864]6.10.2.1	General
The procedures in the below are an example and depict the case where SIP messages are transferred in CP and voice media is transferred in UP.
[bookmark: _Toc215122865]6.10.2.2	Establishment of PDN connection for SIP message exchange

Figure 6.10.2.2-1: Establishment of PDN connection for SIP message exchange
0.	UE performs Attach without PDN Connectivity. The Subscription-Data that MME has received from HSS contains APN-Configuration-Profile for APN=ims and QCI=5 and for APN=ims_media (a new value) and QCI=1 (or a new QCI value for the GEO voice media).
1.	UE that uses NB IoT recognizes that two PDN connections are required for the GEO voice call; one for SIP message exchange and the other for voice media. UE may decide to use Control Plane for SIP message exchange, while still having available DRB(s). UE sends the PDN connectivity request containing APN=ims, "Control Plane Only Indicator requested" (a new indicator) and PDN connectivity pair ID (a new parameter).
2.	Based on "Control Plane Only Indicator requested", MME decides to set Control Plane Only PDN Connection Indication. MME sends to S-GW the Create Session Request containing APN=ims, Control Plane Only PDN Connection Indication and PDN connectivity pair ID.
3.	S-GW sends to P-GW the Create Session Request containing APN=ims, Control Plane Only PDN Connection Indication and PDN connectivity pair ID.
4.	P-GW sends to PCRF the CC-Request containing APN=ims, "Control Plane Only Indicator" (a new indicator) and PDN connectivity pair ID. PCRF recognizes that this PDN connection is for SIP message exchange only and not for voice media.
5.	The rest is the same as the existing procedure.
6.	PDN connection is established. This PDN connection uses NAS for transferring data (i.e. SIP messages) between UE and MME and uses U-plane between MME and P-GW via S-GW.
[bookmark: _Toc215122866]6.10.2.3	IMS voice call setup
[bookmark: _Toc215122867]6.10.2.3.1	MO procedure
NOTE:	Steps 9 to 14 in the below for establishing a PDN connection for voice media can be performed any time after a PDN connection for SIP messages are established as per the procedure in clause 6.10.3.2 to shorten the call setup time.

Figure 6.10.2.3.1-1: IMS voice call setup MO
0.	A path for SIP message exchange is established as a result of the procedure depicted in clause 6.10.3.2.
1.	UE sends SIP INVITE to MME by using NAS.
2.	MME forwards SIP INVITE towards P-CSCF on U-plane via S-GW and P-GW.
3.	P-CSCF sends SIP INVITE to S-CSCF.
4.	P-CSCF receives SIP 183 Session Progress.
5.	P-CSCF sends to PCRF the AA-Request to establish a dedicated bearer for voice media.
6.	PCRF recognizes that the targeted PDN connection is for SIP message exchange only and that UE is expected to establish another PDN connection for voice media when the UE receives SIP 183 Session Progress. PCRF decides not to send any message to P-GW. PCRF sends to P-CSCF the AA-Answer with success. (new behaviour of PCRF)
7.	P-CSCF sends SIP 183 Session Progress. SIP 183 Session Progress is transferred to MME on U-plane via P-GW and S-GW.
8.	MME sends SIP 183 Session Progress to UE by using NAS.
9.	UE recognizes the need to establish PDN connection for voice media. UE sends the PDN connectivity request containing APN=ims_media and PDN connectivity pair ID. UE sets the value of the PDN connectivity pair ID to be the same as that for the PDN connection for SIP message exchange.
10.	MME recognizes the value of the PDN connectivity pair ID is the same as that for the PDN connection for SIP message exchange and selects P-GW that is the same as that for the PDN connection for SIP message exchange. MME confirms that UE has available DRB(s). MME sends to S-GW the Create Session Request containing APN=ims_media, QCI=1(or a new QCI value for the GEO voice media) and PDN connectivity pair ID.
11.	S-GW sends to P-GW the Create Session Request containing APN=ims_media, QCI=1(or a new QCI value for the GEO voice media) and PDN connectivity pair ID.
12.	P-GW recognizes the value of the PDN connectivity pair ID is the same as that for the PDN connection for SIP message exchange and selects PCRF that is the same as that for the PDN connection for SIP message exchange. P-GW sends to PCRF the CC-Request containing APN=ims_media, QCI=1(or a new QCI value for the GEO voice media) and PDN connectivity pair ID. PCRF internally associates contexts of the two PDN connections having the same PDN connectivity pair ID. PCRF recognizes that this newly established PDN connection is for voice media.
13.	PCRF sends to P-GW the CC-Answer.
14.	The procedure for PDN connectivity establishment continues.
15.	PDN connection is established. This PDN connection uses U-plane for transferring data (i.e. voice media) between UE and P-GW via S-GW.
16.	The procedure for IMS voice call setup continues.
17.	S-CSCF sends SIP 200 OK to P-CSCF.
18.	When the procedure of Enabling of IP Flows is used, P-CSCF sends the AA-Request to PCRF.
19.	PCRF receives the AA-Request to the PDN connection for SIP message exchange, checks the context for the PDN connection for voice media as well and decides to send the RA request to P-GW for PDN connection for voice media. PCRF sends to P-CSCF the AA-Answer with success. (new behaviour of PCRF)
20.	PCRF sends the RA-Request to P-GW for the PDN connection for voice media.
21.	P-GW sends the RA-Answer to PCRF.
22.	The procedure for IMS voice call setup continues. Then, IMS voice call is setup.
[bookmark: _Toc215122868]6.10.2.3.2	MT procedure
NOTE:	Steps 9 and 10 in the below for establishing a PDN connection for voice media can be performed any time after a PDN connection for SIP messages are established as per the procedure in clause 6.10.3.2 to shorten the call setup time.

Figure 6.10.2.3.2-1: IMS voice call setup MT
0.	A path for SIP message exchange is established as a result of the procedure depicted in clause 6.10.3.2.
1.	P-CSCF receives SIP INVITE.
2.	P-CSCF sends SIP INVITE. SIP INVITE is transferred to MME on U-plane via P-GW and S-GW.
3.	MME sends SIP INVITE to UE by using NAS.
4.	UE sends SIP 183 Session Progress to MME by using NAS.
5.	MME forwards SIP 183 Session Progress towards P-CSCF on U-plane via S-GW and P-GW.
6.	P-CSCF sends SIP 183 Session Progress to S-CSCF.
7.	P-CSCF sends to PCRF the AA-Request to establish a dedicated bearer for voice media.
8.	PCRF recognizes that the targeted PDN connection is for SIP message exchange only and that UE is expected to establish another PDN connection for voice media when the UE receives SIP 183 Session Progress. PCRF decides not to send any message to P-GW. PCRF sends to P-CSCF the AA-Answer with success. (new behaviour of PCRF).
9.	Upon reception of SIP INVITE in step 3, UE recognizes the need to establish PDN connection for voice media. UE sends the PDN connectivity request containing APN=ims_media and PDN connectivity pair ID. UE sets the value of the PDN connectivity pair ID to be the same as that for the PDN connection for SIP message exchange.
10.	The procedure for PDN connectivity establishment continues.
11.	PDN connection is established. This PDN connection uses U-plane for transferring data (i.e. voice media) between UE and P-GW via S-GW.
12.	The procedure for IMS voice call setup continues. Then, IMS voice call is setup.
[bookmark: _Toc215122869]6.10.3	Impacts on Services, Entities and Interfaces
UE:
-	Handling of a new parameter "PDN connectivity pair ID" and of a new indicator "Control Plane Only Indicator requested".
-	In order to solve the issue of coexistence of S11-U and S1-U:
-	Handling of the order of activation of an SGi PDN connection using S1-U and activation of an SGi PDN connection using S11-U.
MME:
-	Selection of the same P-GW for two PDN connections that have the same value for a new parameter "PDN connectivity pair ID".
-	Handling of a new indicator "Control Plane Only Indicator requested".
-	In order to solve the issue of coexistence of S11-U and S1-U:
-	Making sure that S-GW receives all the necessary S1-U eNB TEID and S11-U MME TEID when SGi PDN connections are activated.
-	Allowing coexistence of an SGi PDN connection using S1-U and an SGi PDN connection using S11-U under certain conditions.
S-GW:
-	Transparent forwarding of a new parameter "PDN connectivity pair ID"
P-GW:
-	Selection of the same PCRF for two PDN connections that have the same value for a new parameter "PDN connectivity pair ID"
PCRF:
-	Handling of a new parameter "PDN connectivity pair ID" and of a new indicator "Control Plane Only Indicator"
Editor's note:	Potential impacts to IMS nodes (e.g. P-CSCF) due to the use of two PDN connections (i.e. two UE IP addresses) are FFS.
Editor's note:	The impacts on P-CSCF is FFS.
[bookmark: _Toc215122870]6.11	Solution #11: Support of PDN connection where packets are transported as Non-IP over the GEO satellite and seen as IP by IMS nodes
[bookmark: _Toc215122871]6.11.0	High-level solution Principles
This solution addresses KI#1, in particular message size optimization.
In this solution, for UL, UE sends Non-IP packets and P-GW adds IP header. For DL, P-GW receives IP packets, removes IP header and sends Non-IP packets.
This solution is intended to be used together with another solution shown in "Support of CP/UP combination and QoS for IMS voice service over GEO satellite with a pair of PDN connections".
[bookmark: _Toc215122872]6.11.1	Description
Principles of this solution are as follows:
-	For UL, UE sends Non-IP packets and P-GW adds IP header. For DL, P-GW receives IP packets, removes IP header and sends Non-IP packets.
-	UE receives an IP address allocated to it from P-GW at establishment of the PDN connection for voice media and uses the IP address when creating contents of SDP messages.
-	UE sends to P-GW an IP address allocated in IMS AGW, when the UE receives the IP address in SDP. P-GW uses this IP address when adding IP header to voice media packets.
-	P-GW is assumed to know the IP address of P-CSCF by pre-configuration. P-GW uses this IP address when adding IP header to SIP messages.
Editor's note:	The current description mentions IP header only. FFS whether to consider UDP/TCP header addition/removal as well. FFS what impact is required if UDP/TCP header addition/removal is also treated.
[bookmark: _Toc215122873]6.11.2	Procedures
[bookmark: _Toc215122874]6.11.2.1	General
The procedures in the below are an example and depict the case where the proposed solution is used together with another solution shown in "Support of CP/UP combination and QoS for IMS voice service over GEO satellite with a pair of PDN connections". This other solution is referred to as the base solution in the below.
[bookmark: _Toc215122875]6.11.2.2	Establishment of PDN connection for SIP message exchange

Figure 6.11.2.2-1: Establishment of PDN connection for SIP message exchange
Steps of Figure 6.11.2.2-1 of the base solution are applied with the following modifications.
0.	This step is the same as step 0 of the base solution.
1.	This step is the same as step 1 of the base solution with the following modifications: The PDN connectivity request additionally contains PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
2.	This step is the same as step 2 of the base solution with the following modifications: The Create Session Request additionally contains PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
3.	This step is the same as step 3 of the base solution with the following modifications: The Create Session Request additionally contains PDN type=IPv6 and Extended protocol configuration options that include "CN header handling request" (a new indicator).
4.	This step is the same as step 4 of the base solution.
Steps 5 to 9 correspond to step 5 of the base solution.
5.	PCRF sends to P-GW the CC-Answer. P-GW recognizes the need of the CN header handling. P-GW receives or assigns an IP address for UE and recognizes that this IP address is to be used for the source address for UL packets for the CN header handling for this PDN connection. P-GW recognizes that an P-CSCF address that the P-GW has known by configuration is to be used for the destination address for UL packets for the CN header handling for this PDN connection based on Access Point Name = ims and PDN connectivity pair ID. (new behaviour of P-GW)
6.	P-GW sends to S-GW the Create Session Response containing PDN Address Allocation that includes the allocated IPv6 address and Extended protocol configuration options that include "CN header handling accepted indication" (a new indicator).
7.	S-GW sends to MME the Create Session Response containing Control plane only indication, PDN Address Allocation that includes the allocated IPv6 address and Extended protocol configuration options that include "CN header handling accepted indication" (a new indicator).
8.	MME sends to UE the Activate Default EPS Bearer Context Request containing Control plane only indication, PDN Address Allocation that includes the allocated IPv6 address and Extended protocol configuration options that include "CN header handling accepted indication" (a new indicator). UE recognizes the IPv6 address allocated to it.
9.	UE sends to MME the Activate Default EPS Bearer Context Accept.
10.	This step is the same as step 6 of the base solution with the following modifications: This PDN connection is set to transfer Non-IP packets between UE and P-GW and the P-GW is expected to add IP header for UL packets and remove IP header for DL packets.
[bookmark: _Toc215122876]6.11.2.3	IMS registration

Figure 6.11.2.3-1: IMS registration
0.	A path for SIP message exchange is established as a result of the procedure depicted in clause 6.11.3.2.
1.	UE sends SIP Register without IP header to MME by using NAS.
2.	MME sends SIP Register without IP header to P-GW on U-plane via S-GW.
3.	P-GW adds IP header to SIP Register without IP header; P-GW adds the UE IP address as the source address and the P-CSCF IP address as the destination address. (new behaviour of P-GW)
4.	P-GW sends SIP Register with IP header to P-CSCF.
5.	P-CSCF sends SIP Register to S-CSCF.
6.	P-CSCF receives 200 OK.
7.	P-CSCF sends 200 OK to P-GW.
8.	P-GW removes IP header of 200 OK. (new behaviour of P-GW)
9.	P-GW sends 200 OK without IP header to MME on U-plane via S-GW.
10.	MME sends 200 OK without IP header to UE by using NAS.
[bookmark: _Toc215122877]6.11.2.4	IMS voice call setup
[bookmark: _Toc215122878]6.11.2.4.1	MO procedure
NOTE:	Steps 13 to 18 in the below for establishing a PDN connection for voice media can be performed only after UE receives SDP answer (in MO side).
Editor's note:	FFS whether SIP timers are negatively impacted.

Figure 6.11.2.4.1-1: IMS voice call setup MO
Steps of Figure 6.11.2.3.1-1 of the base solution are applied with the following modifications.
0.	This step is the same as step 0 of the base solution.
1.	This step is the same as step 1 of the base solution with the following modifications: SIP INVITE is without IP header.
Steps 2 to 4 correspond to step 2 of the base solution.
2.	MME sends SIP INVITE without IP header to P-GW on U-plane via S-GW.
3.	P-GW adds IP header to SIP INVITE without IP header; P-GW adds the UE IP address as the source address and the P-CSCF IP address as the destination address. (new behaviour of P-GW)
4.	P-GW sends SIP INVITE with IP header to P-CSCF.
Steps 5 to 8 are the same as steps 3 to 6 of the base solution.
Steps 9 to 11 correspond to step 7 of the base solution.
9.	P-CSCF sends SIP 183 Session Progress to P-GW.
10.	P-GW removes IP header of SIP 183 Session Progress. (new behaviour of P-GW)
11.	P-GW sends SIP 183 Session Progress without IP header to MME on U-plane via S-GW.
12.	This step is the same as step 8 of the base solution with the following modifications: SIP 183 Session Progress is without IP header.
13.	This step is the same as step 9 of the base solution with the following modifications: UE recognizes an IP address allocated in IMS AGW in SDP answer in SIP 183 Session Progress without IP header. The PDN connectivity request additionally contains "Destination Address for CN header handling" (a new parameter) that includes the IP address allocated in IMS AGW, PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
14.	This step is the same as step 10 of the base solution with the following modifications: The Create Session Request additionally contains "Destination Address for CN header handling" (a new parameter) that includes the IP address allocated in IMS AGW, PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
15.	This step is the same as step 11 of the base solution with the following modifications: The Create Session Request additionally contains "Destination Address for CN header handling" (a new parameter) that includes the IP address allocated in IMS AGW, PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
16.	This step is the same as step 12 of the base solution.
17.	This step is the same as step 13 of the base solution with the following modifications: P-GW recognizes the need of the CN header handling. P-GW receives or assigns an IP address for UE and recognizes that this IP address is to be used for the source address for UL packets for the CN header handling for this PDN connection. P-GW recognizes that an IMS AGW address that the P-GW has received in "Destination Address for CN header handling" (a new parameter) is to be used for the destination address for UL packets for the CN header handling for this PDN connection based on Access Point Name = ims_media and PDN connectivity pair ID. (new behaviour of P-GW)
18.	This step is the same as step 14 of the base solution.
19.	This step is the same as step 15 of the base solution with the following modifications: The PDN connection is set to transfer Non-IP packets between UE and P-GW and the P-GW is expected to add IP header for UL packets and remove IP header for DL packets.
20.	This step is the same as step 16 of the base solution with the following modifications: Exchanged SIP messages are without IP header between UE and P-GW.
Steps 21 to 25 are the same as steps 17 to 21 of the base solution.
26.	This step is the same as step 22 of the base solution with the following modifications: Exchanged SIP messages are without IP header between UE and P-GW.
27.	UE sends UL voice media packets without IP header to P-GW on U-plane via S-GW.
28.	P-GW adds IP header to UL voice media packets without IP header; P-GW adds the UE IP address as the source address and the IMS AGW IP address as the destination address. (new behaviour of P-GW)
29.	P-GW sends voice media packets with IP header to IMS AGW.
30.	P-GW receives voice media packets with IP header from IMS AGW.
31.	P-GW removes IP header of voice media packets. (new behaviour of P-GW)
32.	P-GW sends voice media packets without IP header to UE on U-plane via S-GW.
[bookmark: _Toc215122879]6.11.2.4.2	MT procedure
NOTE:	Steps 13 to 14 in the below for establishing a PDN connection for voice media can be performed only after UE receives SDP offer (in MT side).
Editor's note:	It is FFS whether SIP timers are negatively impacted.

Figure 6.11.2.4.2-1: IMS voice call setup MT
Steps of Figure 6.11.2.3.2-1 of the base solution are applied with the following modifications.
Steps 0 to 1 are the same as steps 0 to 1 of the base solution.
Steps 2 to 4 correspond to step 2 of the base solution.
2.	P-CSCF sends SIP INVITE to P-GW.
3.	P-GW removes IP header of SIP INVITE. (new behaviour of P-GW)
4.	P-GW sends SIP INVITE without IP header to MME on U-plane via S-GW.
5.	This step is the same as step 3 of the base solution with the following modifications: SIP INVITE is without IP header.
6.	This step is the same as step 4 of the base solution with the following modifications: SIP 183 Session Progress is without IP header.
Steps 7 to 9 correspond to step 5 of the base solution.
7.	MME sends SIP 183 Session Progress without IP header to P-GW on U-plane via S-GW.
8.	P-GW adds IP header to SIP 183 Session Progress without IP header; P-GW adds the UE IP address as the source address and the P-CSCF IP address as the destination address. (new behaviour of P-GW)
9.	P-GW sends SIP 183 Session Progress with IP header to P-CSCF.
Steps 10 to 12 are the same as step 6 to 8 of the base solution.
13.	This step is the same as step 9 of the base solution with the following modifications: UE recognizes an IP address allocated in IMS AGW in SDP offer in SIP INVITE without IP header. The PDN connectivity request additionally contains "Destination Address for CN header handling" (a new parameter) that includes the IP address allocated in IMS AGW, PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request" (a new indicator).
14.	This step is the same as step 10 of the base solution.
15.	This step is the same as step 11 of the base solution with the following modifications: The PDN connection is set to transfer Non-IP packets between UE and P-GW and the P-GW is expected to add IP header for UL packets and remove IP header for DL packets.
16.	This step is the same as step 12 of the base solution with the following modifications: Exchanged SIP messages are without IP header between UE and P-GW.
17.	UE sends UL voice media packets without IP header to P-GW on U-plane via S-GW.
18.	P-GW adds IP header to UL voice media packets without IP header; P-GW adds the UE IP address as the source address and the IMS AGW IP address as the destination address. (new behaviour of P-GW)
19.	P-GW sends voice media packets with IP header to IMS AGW.
20.	P-GW receives voice media packets with IP header from IMS AGW.
21.	P-GW removes IP header of voice media packets. (new behaviour of P-GW)
22.	P-GW sends voice media packets without IP header to UE on U-plane via S-GW.
[bookmark: _Toc215122880]6.11.3	Impacts on Services, Entities and Interfaces
Since the solution is an extension of the solution in clause 6.10 "Support of CP/UP combination and QoS for IMS voice service over GEO satellite with a pair of PDN connections", the impacts to UE, MME, S-GW, P-GW, PCRF and P-CSCF are also inherited from that solution. In addition, the following impacts apply.
UE:
-	Handling of new indicators "CN header handling request" and "CN header handling accepted indication".
-	Extracting an IMS AGW IP address from SDP and informing it to MME by using a new parameter "Destination Address for CN header handling".
Editor's note:	It is FFS how the UE generates TCP/UDP payload without IP header.
MME:
-	Transparent forwarding of a new parameter "Destination Address for CN header handling"
S-GW:
-	Transparent forwarding of a new parameter "Destination Address for CN header handling"
P-GW:
-	Handling of new indicators "CN header handling request" and "CN header handling accepted indication"
-	Adding IP header for UL packets and removing IP header from DL packets.
-	Receiving an IP address in a new parameter "Destination Address for CN header handling" from S-GW and using it when adding IP header for UL packets as the destination address.
Editor's note:	The impacts on P-CSCF is FFS.
[bookmark: _Toc215122881]6.12	Solution #12: Reduce SIP message size and number during INVITE procedure, P-CSCF acts as B2BUA
[bookmark: _Toc215122882]6.12.0	High-level solution Principles
This solution address Key Issue #2: "IMS Enhancements for GEO NB-IoT NTN Access".
In the context of NB-IoT (GEO) voice communication scenarios, to improve IMS signalling efficiency, the following optimizations are proposed in this solution:
1.	Signalling Reduction via Precondition Disabling
-	Disable the precondition feature to eliminate precondition-related message exchanges.
2.	Minimalist Message Composition
-	Mandate that UEs and P-CSCFs include only essential headers and parameters (see Annex B) sent to each other during INVITE procedures complying with RFC 3261 [18] and RFC 4566 [19].
3.	Context-Aware Information Reuse
-	P-CSCF caches UE-specific data obtained during the IMS REGISTER phase to eliminate redundant data transmission in subsequent INVITE messages.
-	Prevent duplicate information across different part of the SIP message (see Annex B).
4.	Compression Enhancement
-	Deploy signalling compression (SigComp) as specified in RFC 5049 [20] on the UE and P-CSCF.
[bookmark: _Toc215122883]6.12.1	Description
The solution presumes an EPS bearer for voice data is not pre-established, which will be addressed by resolutions for Key Issue #1 and proposes P-CSCF acts as B2BUA.
[bookmark: _Toc215122884]6.12.2	Procedures
[bookmark: _Toc215122885]6.12.2.1	Registration
During the IMS registration procedure, the P-CSCF stores information received from UE. During the INVITE procedure, the UE does not need to provide that information again and P-CSCF can provide that information towards terminating side according to the stored information, which can save message size between UE and P-CSCF during INVITE procedure.
Following is an example SIP REGISTER request message sent from UE to P-CSCF:
	REGISTER tel:+8613512345678 SIP/2.0.
	v:SIP/2.0/UDP pc33.vs.ims.mno.3g.org:5060;branch=z9hG4bKnashd9.
	f:<sip:+8613512345678@vs.ims.mno.3g.org>;tag=192830.
	t:<sip:A>;tag=201563.
	i:a84b.
	CSeq:32 REGISTER.
	Max-Forwards:70.
	m:<sip:+8613512345678@vs.ims.mno.3g.org>,q=0.7;expires=3600.
	P-Access-Network-Info:3GPP-NB-IoT(GEO);utran-cell-id-3gpp=C359A.
Authorization:Digest 	username="13512345678",realm="vs.ims.mno.3g.org",uri="sip:+8613512345678@vs.ims.mno.3g.org",response="a3f549b13f477562f4445b7277cd83c1",nonce="qlwqVapVqlWqVapVqlWqVUUQA5HEt9VVZ3t1TM221cg=",algorithm=AKAv1-MD5.
If the P-Access-Network-Info (PANI) indicates that the RAT type of the UE is NBIoT (GEO), the P-CSCF stores information in Via (v), From (f), Contact (m) and PANI header field.
During the registration procedure, the IMS AS is aware of the UE's access network information according to the PANI header field.
[bookmark: _Toc215122886]6.12.2.2	Mobile originating
The following figure depicts the mobile originating IMS INVITE procedure in the NB-IoT (GEO) scenario.
In this procedure, the UE does not send information that already sent during IMS registration procedure in clause 6.12.2.1 and does not provide duplicated information in To header field that already provided in Request-URI. The P-CSCF replaces the information in Via (v), From (f) and Contact (m) header field as well as insert PANI header field according to the stored information and replaces information in To (t) header field according to the Request-URI.

Figure 6.12.2.2-1: Mobile originating
0.	The UE has registered in IMS as described in clause 6.12.2.1. The user dials number to initiate a voice call.
1.	The UE may perform Service Request procedure to transit from RRC-IDLE state to RRC-CONNECTED state. EPS bearer for voice data is not pre-established during the Service Request procedure.
2.	If RAT type is NBIoT (GEO), the UE sends SIP INVITE with SDP offer that only indicates supported codecs for GEO voice to the P-CSCF, wherein the information already provided in Request-URI is not provided in To header field and information already provided during registration procedure is not included.
	INVITE tel:+8613587654321 SIP/2.0
	v:SIP/2.0/UDP A;branch=z9hG4bK122456
	f:<sip:A>;tag=205847
	t:<sip:A>;tag=147302
	m:<sip:A>
	i:a9gH
	CSeq:81 INVITE
	Max-Forwards:70
	c:application/sdp
	l:120
	v=0
	o=- 4567 1234 IN IP4 1.1.1.1
	s=-
	c=IN IP4 192.168.1.100
	m=audio 49155 RTP/AVP 0 8
	t=0 0
	a=rtpmap:0 PCMU/6000
	a=rtpmap:8 PCMA/6000
	The P-CSCF sends SIP 100 to the UE.
	SIP/2.0 100
	v:SIP/2.0/UDP A;branch=z9hG4bK122456
	f:<sip:A>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:81 INVITE
Editor's note:	Whether SIP 100 between UE and P-CSCF can be omitted is FFS.
3.	If, during the IMS registration procedure, the RAT type indicated in the PANI header field is NBIoT (GEO), the P-CSCF instructs the AGW to allocate audio resource for network side as well as allocate and configure audio resource for UE side according to the SDP offer.
4.	The P-CSCF restores information according to stored information during registration procedure and Request-URI of the INVITE message and forwards the modified SIP INVITE with SDP offer to IMS core. The SDP offer includes audio resource information allocated by AGW for network side. According to the NBIoT (GEO) RAT type in PANI header field during IMS registration procedure, the P-CSCF acts as B2BUA to add indication of supporting 100rel and precondition in the modified SIP INVITE request.
	INVITE tel:+8613587654321 SIP/2.0
	v: SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060; branch=z9hG4bK886431UKf234t
	v: SIP/2.0/UDP pc33.vs.ims.mno.3g.org:5060; branch=z9hG4bK901butKNw56ub
	f: <sip:+8613512345678@vs.ims.mno.3g.org>; tag=a2Xwhg47uT90
	t: <sip: tel:+8613587654321>; tag=702Krb82gIkv
	m: <sip:+8613512345678@vs.ims.mno.3g.org>
	i: 9byT8XUwhL5k
	CSeq: 81962507 INVITE
	Max-Forwards: 69
	P-Access-Network-Info: 3GPP-NB-IoT(GEO); utran-cell-id-3gpp=C359A
	Support: 100rel, precondition
	c: application/sdp
	l: 345
	v=0
	o=- 94567123 89561264 IN IP4 10.47.16.5
	s=-
	c=IN IP4 192.168.2.100
	m=audio 51893 RTP/AVP 0 8
	t=0 0
	a=rtpmap:0 PCMU/6000
	a=rtpmap:8 PCMA/6000
	a=cur:qoslocal none
	a=cur:qosremote none
	a=des:qos mandatory local sendrecv
	a=des:qos none remote sendrecv
5.	After step 3, the P-CSCF uses the resource information for UE side to trigger the EPS procedure for bearer activation and configuration (e.g. TFT configuration in PGW).
NOTE:	This step is addressed by solution for Key Issue #1.
6-8.	The P-CSCF receives SIP 183 Progressing with SDP answer from IMS core. The P-CSCF delegates UE to send SIP PRACK to IMS core and receives SIP 200 OK (PRACK) from IMS core.
9-10.	The P-CSCF sends SIP UPDATE with SDP offer to IMS core, which is after receiving notification from PCRF that the bearer resource is ready, then receives SIP 200 OK (UPDATE) from IMS core.
11.	The P-CSCF receives SIP 180 Ringing from IMS core. The P-CSCF sends SIP 180 to the UE.
	SIP/2.0 180
	v:SIP/2.0/UDP A;branch=z9hG4bK122456
	f:<sip:A>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:81 INVITE
	When the UE receives the SIP 180, it plays ring tone.
12.	The P-CSCF receives SIP 200 OK from IMS core. The P-CSCF sends SIP 200 with SDP answer to the UE and the SDP answer includes the audio resource information allocated by the AGW for UE side.
	SIP/2.0 200
	v:SIP/2.0/UDP A;branch=z9hG4bK122456
	f:<sip:A>;tag=205847
	t:<sip:A>;tag=147302
	m:<tel:+8613587654321>
	i:a9gH
	CSeq:81 INVITE
	c:application/sdp
	l:98
	v=0
	o=- 4567 1234 IN IP4 1.1.1.1
	s=-
	c=IN IP4 192.168.2.100
	m=audio 93524 RTP/AVP 0
	t=0 0
	a=rtpmap:0 PCMU/6000
13.	The UE sends SIP ACK to the P-CSCF, wherein the information already provided in Request-URI is not provided in To header field and information already provided during registration procedure is not included.
	ACK tel:+8613512345678 SIP/2.0
	v:SIP/2.0/UDP A;branch=z9hG4bK654321
	f:<sip:A>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:54 ACK
	Max-Forwards:70
14.	The P-CSCF restores information according to stored information during registration procedure and Request-URI of the ACK message and forwards the modified SIP ACK to IMS core.
Editor's note:	It is FFS how to handle the race condition if voice packet goes faster than SIP 200 OK with SDP answer and cause the delay of receiving the SDP answer by the originating UE for sending out voice data.
[bookmark: _Toc215122887]6.12.2.3	Mobile terminating
The following figure depicts the mobile terminating IMS INVITE procedure in the NB-IoT (GEO) scenario.
In this procedure, the UE does not send information that already sent during IMS registration procedure in clause 6.12.3.1 and does not provide duplicated information in To header field that already provided in Request-URI. The P-CSCF replaces the information in Via (v), From (f) and Contact (m) header field as well as insert PANI header field according to the stored information and replaces information in To (t) header field according to the Request-URI.

Figure 6.12.2.3-1: Mobile terminating
1.	The P-CSCF receives SIP INVITE with SDP offer from IMS core, which may indicate support of precondition.
2.	The P-CSCF instructs the AGW to allocate audio resource for UE side.
3.	If RAT type is NBIoT (GEO), the P-CSCF sends a SIP INVITE without precondition and with SDP offer that only indicates supported codecs for GEO voice to the UE, wherein the information already provided in Request-URI is not provided in To header field. The SDP offer includes resource information allocated by the AGW for UE side.
	INVITE tel:+8613512345678 SIP/2.0
	v:SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060;branch=z9hG4bK122456
	f:<tel:+8613587654321>;tag=205847
	t:<sip:A>;tag=147302
	m:<sip:+8613587654321@vs.ims.mno.3g.org>
	i:a9gH
	CSeq:81 INVITE
	Max-Forwards:70
	c:application/sdp
	l:120
	v=0
	o=- 4567 1234 IN IP4 1.1.1.1
	s=-
	c=IN IP4 192.168.2.100
	m=audio 93524 RTP/AVP 0 8
	t=0 0
	a=rtpmap:0 PCMU/6000
	a=rtpmap:8 PCMA/6000
	The SIP INVITE may trigger EPS to perform network triggered service request procedure towards the UE and EPS bearer for voice data is not pre-established during the procedure.
4.	The UE sends SIP 183 with SDP answer to the P-CSCF.
	SIP/2.0 183
	v:SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060;branch=z9hG4bK122456
	f:<tel:+8613587654321>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:81 INVITE
	c:application/sdp
	l:98
	v=0
	o=- 4567 1234 IN IP4 1.1.1.1
	s=-
	c=IN IP4 192.168.2.100
	m=audio 49155 RTP/AVP 0
	t=0 0
	a=rtpmap:0 PCMU/6000
5.	The P-CSCF instructs the AGW to configure resources for UE side according to the SDP answer, as well as allocate and configure resources for network side.
6.	The P-CSCF uses the resource information for UE side to trigger the EPS procedure for bearer activation and configuration (e.g. TFT configuration in PGW).
NOTE:	This step is addressed by solution for Key Issue #1.
7.	The sends SIP 183 Progressing to IMS core. If the received SIP INVITE request indicates support of 100rel and precondition, the P-CSCF acts as B2BUA to add indication of requiring 100rel and precondition in the SIP 183 response.
8.	If the P-CSCF receives SIP PRACK from IMS core, it sends SIP 200 OK (PRACK) to IMS core.
9.	If the P-CSCF receives SIP UPDATE from IMS core, it sends SIP 200 OK (UPDATE) to IMS core, which is after receiving notification from PCRF that the bearer resource is ready.
10.	The UE sends SIP 180 to the P-CSCF and alerts the user.
	SIP/2.0 180
	v:SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060;branch=z9hG4bK122456
	f:<tel:+8613587654321>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:81 INVITE
	The P-CSCF sends SIP 180 Ringing to IMS core.
11.	The user answers the call, the UE sends SIP 200 to the P-CSCF.
	SIP/2.0 200
	v:SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060;branch=z9hG4bK122456
	f:<tel:+8613587654321>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:81 INVITE
	m:<sip:A>
	The P-CSCF sends SIP 200 OK to IMS core, wherein the Contact header field is set according to the stored Contact header field during IMS registration procedure. If the P-CSCF has not send SDP answer to IMS core, it includes SDP answer in the SIP 200 OK towards IMS core.
12.	The P-CSCF receives SIP ACK from IMS core. The P-CSCF sends SIP ACK to the UE.
	ACK tel:+8613512345678 SIP/2.0
	v:SIP/2.0/UDP p-cscf.vs.ims.mno.3g.org:5060;branch=z9hG4bK098765
	f:<tel:+8613587654321>;tag=205847
	t:<sip:A>;tag=147302
	i:a9gH
	CSeq:17 ACK
	Max-Forwards:70
[bookmark: _Toc215122888]6.12.2.4	Information for call setup time evaluation
The following table shows the estimated message information during mobile originating procedure:
Table 6.12.2.4-1
	Sequence
	Message Name
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	1
	INVITE (UL)
	335 (+52)
	3.10

	2
	100 Trying (DL)
	117 (+52)
	1.35

	3
	RRCConnectionReconfiguration (DL)
	92 (+5)
	0.78

	4
	RRCConnectionReconfigurationComplete (UL)
	2 (+5)
	0.06

	5
	180 Ringing (DL)
	117 (+52)
	1.35



The following table shows the estimated message information during mobile terminating procedure:
Table 6.12.2.4-2
	Sequence
	Message Name
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	1
	INVITE (DL)
	373 (+52)
	3.40

	2
	100 Trying (UL)
	148 (+52)
	1.60

	3
	183 Progressing (UL)
	273 (+52)
	2.60

	4
	RRCConnectionReconfiguration (DL)
	92 (+5)
	0.78

	5
	RRCConnectionReconfigurationComplete (UL)
	2 (+5)
	0.06

	6
	180 Ringing (UL)
	148 (+52)
	1.60



NOTE:	The SIP message size is original before applying sigcomp.
[bookmark: _Toc215122889]6.12.3	Impacts on Services, Entities and Interfaces
Editor's note:	Further impact is FFS.
UE:
-	Support not providing duplicated information in a SIP message that was already sent during registration procedure or is already provided in another place of the SIP message.
-	Support sigcomp.
-	Support not indicating precondition during INVITE procedure.
P-CSCF:
-	Support storing values of header fields during registration procedure.
-	Support replacing information in a SIP message according to the stored information during registration procedure and/or if already provided in another place of the SIP message.
-	Support B2BUA.
-	Support sigcomp.
[bookmark: _Toc215122890]6.13	Solution #13: IMS call setup procedure without pre-condition for voice over GEO satellite, AS as B2BUA
[bookmark: _Toc500949098][bookmark: _Toc92875661][bookmark: _Toc93070685][bookmark: _Toc153818407][bookmark: _Toc215122891]6.13.0	High-level solution Principles
This solution is to address Key Issue #2: IMS enhancement for GEO NB-IoT NTN access.
This solution is to realize IMS call setup without pre-condition for MO/MT UE connected via GEO, so as to avoid some SIP messages exchanged via GEO access and reduce the call setup time.
[bookmark: _Toc215122892]6.13.1	Description
Procedure in this solution is basically using IMS Call Setup without pre-condition for MO/MT UE via GEO, with the following clarification/change:
1)	Capability of Optimized voice is negotiated during IMS REGISTER. For a UE supporting GEO voice, it needs to support Codec for GEO voice (e.g. Codec-2) and processing SIP INVITE with no pre-condition. For the IMS network allowing GEO voice to UE, it needs to support transcoding and B2BUA service when either MO or MT UE is connecting via GEO.
2)	SigComp capability negotiation during IMS REGISTER.
3)	For "no pre-condition" during IMS Call Setup, the "Authorizing QoS Resource" is skipped and UE uses an existing IP‑CAN bearer (e.g. default or pre-established) for media based on the media parameters received in the SDP offer/answer. The Establishment of EPS bearer for IMS voice is skipped.
NOTE 1:	Since the NB-IoT device has at most 2 EPS bearers over UP and the GBR bearer is not supported over GEO Satellite access, it is proposed to transmit both IMS signalling and Media via one or two non-GBR EPS bearer.
	For IMS signalling, UE uses a default bearer to transmit the signalling message.
Editor's note:	It depends on KI#1 to decide how to transmit the IMS signalling and media flow via EPS Bearers without Authorizing QoS resource during IMS Call Setup.
4)	B2BUA (B2B User Agent) can be used to support the interaction with normal MO/MT UEs. HSS provisions iFC to S-CSCF based on RAT type (GEO access) and UE's Optimized voice capability for involving AS acting as B2BUA in the UE's IMS call setup signalling path.
5)	Estimation of call setup time:
-	SIP message size.
According to example in clause 7.2.3 of TS 24.228 [21], the message size would be about:
	SIP INVITE: 1.4Kbyte; 200 OK: 0.8KByte.
NOTE 2:	Given the codec is very simple for GEO voice, the SDP offer will be a basic one, the 1.4KB for SIP INVITE and 0.8KB for 200 OK should be enough (No 183 in no pre-condition case).
Additionally, considering "SigComp" for compressed SIP used for Call setup, the compression efficiency of SIP message is about 2:1 (basic value), thus 0.5*SIP message size is the estimated SIP size after compression.
-	PDB (AN+CN).
Referring the 5QI=10 for satellite and the PDB (include AN and CN) is 1100 ms.
-	Data rate over GEO access.
Referring the [1-3K] for UL and DL, the data rate for GEO in SA1 requirements.
Given the solution assumes to associate IMS signalling and media data into existing bearer, i.e. no establishment during call setup, there is no time consumed for this part. Therefore, the estimation of total latency over GEO is:
	SIP INVITE (SDP Offer): latency = 0.5*1400*8/(1~3)Kbps+1.1s=2.97~6.7s
	SIP 200 OK (Offer Response): 0.5*800*8/(1~3)Kbps+1.1s=2.17~4.3s
NOTE 3:	The Ring can be sent in parallel with 200 OK which is not increase the total call setup time.
Then roughly estimate the transmission in IMS network side is about 1 second. And the transmission time for TN UE side is 2 second (with pre-condition).
The total E2E latency for call setup time is:
	GEO_UE-to-TN_UE = (2.97~6.7s) + (2.17~4.3s) + 1s + 2s = 8.14 ~16s
	GEO_UE-to-GEO_UE = 16.28 ~ 32s
Editor's note:	The estimation of call setup time over GEO can be further evaluated.
In the following procedure clause, the call setup has two options:
	Option-1: The IMS serving the UE connecting to GEO access acts as B2BUA. In this case, during call setup, the normal UE's IMS procedure will not be impacted.
	Option-2: Only the MT SCC AS acting as B2BUA for pre-condition. During call setup, if the MO UE and MT UE have different requirement for pre-condition, e.g. only one side of the call is accessing via GEO satellite, then the MT IMS needs to do B2BUA for pre-condition.
[bookmark: _Toc215122893]6.13.2	Procedure
[bookmark: _Toc215122894]6.13.3.1	IMS Register


Figure 6.13.3.1: IMS REGISTER for Optimized voice capability negotiation
The purpose of capability negotiation is to determine the GEO voice service is allowed for the UE. Then accordingly, IMS NFs may perform transcoding configuration and B2BUA during the Call Setup.
Step 1-2:
When UE is connecting via GEO, the UE sends SIP Register to P-CSCF in which the SIP Header includes "Capability of GEO voice". By indicating "Capability of GEO voice", it means the UE supports codec(s) for GEO voice (e.g. Codec-2). The PANI header indicates "GEO access".
Meanwhile, the UE may send capability of "SigComp" in SIP header to P-CSCF for Compressed SIP usage during call setup procedure.
When UE is no longer connecting via GEO, the UE performs (re-)RSGITER update to P-CSCF.
NOTE:	The steps of S-CSCF discovery is not described, but following existing procedure.
Steps 3-7:
The existing procedure for authorization/authentication for IMS layer.
Step 8:
S-CSCF sends Diameter message to HSS with the "GEO access" and "Capability of Optimized voice". The HSS downloads subscription data incl. service parameter and iFC to S-CSCF.
Step 9:
Based on the subscription data retrieved from HSS. The S-CSCF may perform Service Control. Specifically, S-CSCF determines whether the UE is allowed for GEO voice service and install the iFC for the B2BUA service in Call Setup procedure.
Then S-CSCF sends 200 OK to P-CSCF with "confirm of GEO voice".
Step 10:
The P-CSCF stored the "Confirm of GEO voice", based on which the P-CSCF may instruct AGW to perform transcoding actions described in the Call Setup procedure. Meanwhile, if the UE sends SigComp capability in step-1, the P-CSCF also needs to responds to indicate applying SigComp for Compressed SIP message for Call Setup procedure.
The P-CSCF sends 200 OK to UE indicating the "Confirm of GEO Voice".
Steps 11-12:
If the iFC is installed in S-CSCF, the S-CSCF sends REGISTER to AS to check the availability of B2BUA.
[bookmark: _Toc215122895]6.13.3.2	Option 1: The IMS serving the GEO UE access acts as B2BUA
[bookmark: _Toc215122896]6.13.3.2.1	IMS Call Setup-MO


Figure 6.13.3.2: IMS Call Setup-MO (with B2BUA)
Steps 4-13 is described as below for B2BUA. These steps can be skipped if no B2BUA is needed.
Step 1:
MO UE connecting via GEO initiates SIP INVIATE with SDP Offer including GEO voice codec and no pre-condition setting parameters (e.g. Support/Require header does not include "precondition").
Steps 2-3:
P-CSCF modifies the codec list in SDP Offer by adding legacy codec such as AMR/EVS and send the INVITE* to S-CSCF
Step 4:
By checking iFC (Filter Criteria), the SIP INVITE with no pre-condition are routed to AS supporting B2B User Agent.
Step 5:
The AS, as B2B User Agent, terminates the original INVITE and initiate a new INVITE with pre-condition setting, e.g. "Support: precondition" in SIP header and/or "a=curr:", "a=des:", "a=conf:" in SDP offer.
NOTE:	The modification of codec list and transcoding configuration to MRF may also be performed by B2B User Agent. If so, the P-CSCF does not necessarily do the transcoding actions in step 2.
Step 6:
The AS sends the new INVITE with pre condition setting to S-CSCF and S-CSCF sends the new INVITE to the MT side.
Step 8-11:
Acting as B2BUA, the AS process the steps for media negotiation and resource reservation with the MT side. All the messages are transmitted via S-CSCF based on iFC.
Step 13:
When receiving final 200 OK, the AS initiate a new SIP: 200 OK with no pre-condition setting.
Steps 14-17:
The 200 OK (SDP Answer) sends to UE, during which the P-CSCF configures the transcoding to Access GW.
Step 18:
The UE uses an existing (e.g. default or pre-established) IP‑CAN bearer for media based on the media parameters received in the SDP answer. The P-CSCF does not instruct PCRF to establish a new dedicated EPS bearer for voice.
[bookmark: _Toc215122897]6.13.3.2.2	IMS Call Setup-MT


Figure 6.13.3.2: IMS Call Setup-MT (with B2BUA)
Steps 2-4, 8-11, 17-18 described below are for B2BUA. Those steps can be skipped if no B2BUA is needed.
Steps 1-2:
When receiving SIP INVITE (Legacy codecs in SDP offer, pre-condition setting) from MO, the S-CSCF forwards the INVITE to AS (B2BUA) based on iFC.
Step 3:
The AS terminates the original SIP INVITE and initiate a new SIP INVITE (no pre-condition setting) for the MT UE.
NOTE:	The modification of codec list and transcoding configuration to MRF may also be performed by B2B User Agent. If so, the P-CSCF does not necessarily do the transcoding actions in step 6.
Steps 4-5:
The new SIP INVITE is sent to P-CSCF via S-CSCF.
Step 6:
The P-CSCF determines to modify the codec list by adding codec for GEO voice (e.g. Codec-2) in SDP Offer. Then it sends the INVITE with updated SDP* to the UE connecting via GEO.
Step 7:
The UE uses an existing (e.g. default, or pre-established) bearer for media based on the media parameters received in SDP offer. The P-CSCF does not instruct PCRF to establish a new dedicated EPS bearer for voice.
Steps 8-11:
In parallel to step 4-7, the AS, as B2B User Agent interact, with MO side for media negotiation and resource reservation. All the messages are transmitted via S-CSCF.
Step 13:
UE sends 180 Ringing when alerting user.
Step 14:
When user pick up the phone, the MT UE sends final 200 OK to S-CSCF/P-CSCF. The P-CSCF configures transcoding to Access GW.
Steps 15-19:
The AS initiates a new SIP 200 OK and sends to the MT side via the S-CSCF.
[bookmark: _Toc215122898]6.13.3.3	Option 2: Only the MT SCC AS acting as B2BUA for pre-condition
This option proposes to not use precondition for call setup when GEO satellite access is involved, while the IMS network still needs to acquire the status of resource allocation during the call setup to avoid the ghost ring.
On the other hand, the IMS network needs to be capable of acting as "proxy" to handle precondition negotiation as the MO UE and MT UE may have different requirements for precondition.
The SCC AS serving MT UE is proposed to act as this kind of proxy (i.e. B2BUA) for the following reasons:
-	SCC AS is mandatory node in the mobile networks and at least for terminating domain selection.
-	SCC AS can acquire MT UE's access type, which can be used to determine whether precondition can be skipped for the MT UE.
-	Compared with some solutions where P-CSCF or IMS AS serving MO UE acts as B2BUA, this solution can avoid unnecessary signalling interaction. For example, when P-CSCF serving the GEO UE acts as B2BUA, the P-CSCF may have to always add or remove the precondition indication because it has no knowledge of the access type of the other side UE (and it is unnecessary to exchange the access types of the MO UE and MT UE between the originating and terminating network).
-	The SCC AS solution is more easy to be implemented compared with P-CSCF solution, since as a centralized node, the number of SCC AS is much fewer than that of the P-CSCF.
[bookmark: _Toc215122899]6.13.3.3.1	Both MO UE and MT UE are accessing network via GEO satellite
The Figure 6.13.3.3-1 shows the call setup procedures when both MO UE and MT UE are accessing network via GEO satellite. The P-CSCF1/S-CSCF1/SCC AS1 are the serving nodes of MO UE and P-CSCF2/S-CSCF2/SCC AS2 are the serving nodes of MT UE.


Figure 6.13.3.3-1: Both MO and MT UE access the network via GEO satellite
The UE1 and UE2 have registered in the IMS network. The UEs support the voice over GEO satellite and will skip the precondition negotiation in the call setup.
1.	UE1 initiates the call without the requirement of precondition. The codec for GEO satellite is included in the SDP.
2.	The serving P-CSCF1 of UE1 triggers the dedicated resource allocation.
3.	The P-CSCF1 forwards the SIP Invite to terminating side via S-CSCF1 and P-CSCF1 updates the codecs in the SDP by adding the codecs supported by the network.
4.	The S-CSCF2 sends the SIP Invite to the SCC AS2 based on the IFC trigger and SCC AS2 determines whether the precondition is required, for example, by the GEO access type of UE2, or other information retrieved from IMS HSS (for instance, the UE's supported GEO voice capabilities, 'SigComp' and other related capabilities).
5.	Since the UE2 is accessing the network via GEO satellite, SCC AS2 can determine precondition is not required by UE2, then SCC AS2 doesn't change the received precondition information and sends the request to P-CSCF2 serving the UE2 via S-CSCF2.
6.	The P-CSCF2 may update the codec list according to its own configuration, while the codec for GEO satellite is always included.
7.	UE2 replies with 180 Ringing.
8.	The P-CSCF2 triggers the dedicated resource allocation.
9.	After receiving the 180 Ringing, SCC AS2 holds the message and waits for the completion of resource allocation of UEs.
10.	UE1 sends the SIP INFO to the network indicating that its dedicated resource has been allocated. SDP is not needed in the SIP INFO message. The SCC AS2 terminates such message.
11.	Similarly, UE2 sends the SIP INFO to SCC AS2 when its dedicated resource has been allocated.
12.	SCC AS2 confirms that resource allocation has been successful and forwards the SIP 180 Ringing. Then Call setup continues.
[bookmark: _Toc215122900]6.13.3.3.2	Only MO UE is accessing network via GEO satellite
The Figure 6.13.3.3-2 shows the call setup procedures when only MO UE is accessing network via GEO satellite.


Figure 6.13.3.3-2: Only MO accesses the network via GEO satellite
The UE1 and UE2 have registered in the IMS network. The UE1 support the voice over GEO satellite and will skip the precondition negotiation in the call setup. While the UE2 is not accessing via GEO satellite and it requires precondition. SCC AS2 acts as B2BUA for precondition negotiation.
1-4.	Same as the steps 1-4 in clause 6.13.2.1.
5.	Since the UE2 is not accessing the network via GEO satellite, SCC AS2 can determine that precondition is required by UE2, then SCC AS2 acts as B2BUA and updates the SIP header indicating precondition is required, then sends the request to P-CSCF2.
6.	The P-CSCF2 may update the codec list according to its own configuration and the codec for GEO satellite may be included.
7.	UE2 replies with 183 Session Progress.
8.	The P-CSCF2 triggers the dedicated resource allocation.
9-10.	SCC AS2 does the precondition negotiation with UE2 and waits for the resource allocation status from MO side.
11.	UE1 sends the SIP INFO to the network indicating that its dedicated resource has been allocated.
12-14.	SCC AS2 confirms that resource allocation for UE1 has been successful and continues the call setup procedure.
[bookmark: _Toc215122901]6.13.3.3.3	Only MT UE is accessing network via GEO satellite
The Figure 6.13.3.3-3 shows the call setup procedures when only MT UE is accessing network via GEO satellite.


Figure 6.13.3.3-3: Only MT UE accesses the network via GEO satellite
The UE1 and UE2 have registered in the IMS network. The UE2 support the voice over GEO satellite and will skip the precondition negotiation in the call setup. While the UE1 is not accessing via GEO satellite and it requires precondition. SCC AS2 acts as B2BUA for precondition negotiation.
1.	UE1 initiates the call with the requirement of precondition and the SIP Invite is transferred to terminating side.
2.	The S-CSCF2 serving the UE2 sends the SIP Invite to the SCC AS2 based on the IFC trigger and SCC AS2 determines whether the precondition is required, for example, by the GEO access type of UE2.
3.	Since the UE2 is accessing the network via GEO satellite, SCC AS2 can determine precondition is not required by UE2, then SCC AS2 acts as B2BUA and updates the SIP header indicating precondition is not required, then sends the request to P-CSCF2.
4.	The P-CSCF2 updates the codec list according to its own configuration, e.g. adding the codec for GEO satellite access.
5.	UE2 replies with 180 Ringing.
6.	The P-CSCF2 triggers the dedicated resource allocation.
7-10.	After receiving the 180 Ringing, SCC AS2 does the precondition negotiation with UE1 and waits for the resource allocation status update from MT side.
11.	UE2 sends the SIP INFO to the network indicating that its dedicated resource has been allocated.
12-13.	SCC AS2 confirms that resource allocation for UE2 has been successful and continues the call setup procedure.
[bookmark: _Toc215122902]6.13.3	Impacts on Services, Entities and Interfaces
(Impact for Option 1)
MO/MT UE:
-	Support capability negotiation and indicating the GEO access in IMS REGISTER
-	Support Codec for GEO voice.
-	Support SIP INVITE with no pre-condition (reuse).
-	Support capability of compressed SIP (SigComp) negotiation (reuse).
P-CSCF:
-	support capability negotiation in IMS REGISTER.
-	Support Codec list modification for GEO voice (reuse).
-	Support processing SIP INVITE with no pre-condition, such as skipping "Authorize QoS resource" during IMS call setup (reuse).
-	Support capability of compressed SIP (SigComp) negotiation (reuse).
S-CSCF:
-	Support service control for GEO voice (reuse).
AS:
-	Support B2BUA and Codec list modification (reuse).
IMS HSS:
-	Support new subscription parameter for GEO voice.
AGW/MRF:
-	Support codec transcoding.
(Impact for Option 2):
UE:
-	Support skipping precondition negotiation and reporting resource allocation successful status to network.
SCC AS:
-	Determine whether precondition can be skipped for MT UE.
-	Support B2BUA for precondition negotiation.
[bookmark: _Toc185876216][bookmark: _Toc215122903]6.14	Solution #14: Call Setup Procedure Optimization for Voice over GEO over NB-IoT
[bookmark: _Toc215122904][bookmark: _Toc185876217]6.14.0	High-level solution Principles
This solution proposes to use as baseline the short call setup procedure without preconditions, but introduces safeguards to ensure the media starts to flow only when bearer is set up by the UE connecting to the network using 3GPP-NB-IoT(GEO). The solution also takes into account whether one of the parties does not support the proposed simplified call setup procedure.
[bookmark: _Toc215122905]6.14.1	Description
This solution addresses Key Issue #2: IMS enhancement for GEO NB-IoT NTN access.
This solution aims to optimize call setup procedure for reducing call setup time in case one of the UEs is accessing network via NB-IoT GEO by proposing to use a simplified call set up time that uses as baseline the procedure in clause 5.7a of TS 23.228 [6]:
	INVITE (SDP offer) -> 180 Ringing (SDP answer) -> PRACK -> 200 OK for PRACK-> 200 OK for INVITE -> ACK
It is assumed that a UE capable of supporting IMS voice over GEO over NB-IoT GEO as IP-CAN (VoGoN) can support this simplified call setup procedure as default when connecting to the network via 3GPP-NB-IoT(GEO).
When the originating UE is accessing the network via GEO with NB-IoT RAT, the UE does not include Precondition in Supported header field in INVITE
The originating side P-CSCF inserts originating UE's access network information and forwards the INVITE to the terminating side.
This solution examines two scenarios:
-	Case 1: UE A supports VoGoN and is accessing network via 3GPP-NB-IoT(GEO) while UE B does not support VoGoN;
-	Case 2: UE B supports VoGoN and is accessing network via 3GPP-NB-IoT(GEO) while UE A does not support VoGoN.
For case 2, the simplified call setup procedure can be performed E2E between two UEs because UE B is capable of sending 180 Ringing with SDP answer due to it supports VoGoN, while for case1, considering that UE B does not support VoGoN, this solution proposes that the P-CSCF A acts as a B2B UA to perform simplified call setup procedure towards the UE A and normal call setup with the UE B.
Editor's note:	The case where Voice over GEO over NB-IoT is offered as subscription service is for further study.
Editor's note:	Signalling delay reduction is FFS.
[bookmark: _Toc215122906]6.14.2	Procedures
[bookmark: _Toc215122907]6.14.2.1	Case 1: UE A Supports VoGoN and is Accessing the Network via 3GPP-NB-IoT(GEO)
In this procedure the P-CSCF of UE A acts as B2B UA so that UE B, can use the normal call setup procedure while UE A which connects via 3GPP-NB-IoT(GEO) can use the simplified call setup procedure reducing the number of round trips over the satellite service link and enables more robust interworking with UE not supporting VoGoN.


Figure 6.14.2.1-1: Call procedure for Case1: UE-A supports VoGoN and is accessing network via 3GPP-NB-IoT(GEO)
1.	UE A sends a SIP INVITE request containing an SDP offer to P-CSCF A.
	If UE A is accessing network via 3GPP-NB-IoT(GEO), it does not indicate precondition in Supported header.
2-3.	P-CSCF A forwards SIP INVITE request to the terminating side via IMS core.
	P-CSCF A interacts with EPC to retrieve UE A's access network information and inserts UE A's access network in the INVITE. P-CSCF A modifies the INVITE to introduce precondition supported.
4.	UE B generates and sends 183 Progress response with SDP answer to P-CSCF B due to UE B not supporting VoGoN. .
5.	P-CSCF B forwards 183 Progress response with SDP answer to the originating side via IMS core. If P-CSCF B determines UE A is accessing the network via 3GPP-NB-IoT(GEO) and UE B has subscribed to the CAT service the P-CSCF B should not trigger CAT AS modifying the SDP answer for CAT service.
Editor's note:	It is for further study how P-CSCF B determines that UE A is accessing the network via 3GPP-NB-IoT(GEO)
6.	P-CSCF A acts as a B2B UA and generates 180 Ringing with SDP answer based on the received 183 Progress response, then sends it to UE A.
7-11.	P-CSCF A acts as a B2B UA and generates PRACK as an acknowledgment of receiving 183 Progress messages, then sends it to the terminating side and receives 200 OK for PRACK via IMS core.
11-12.	When UE A determines resource reservation is complete, it sends PRACK as an acknowledgment of receiving SDP answer and resource reservation completion and UE A starts playing the ring back tone.
13-16.	P-CSCF A acts as a B2B UA and generates UPDATE as an acknowledgment of resource reservation completion, then sends it to the terminating side and receives 200 OK for PRACK via IMS core.
17.	P-CSCF A sends 200 OK response to UE A for PRACK acknowledgment.
18-19.	UE B sends 180 Ringing response to P-CSCF B, P-CSCF B forwards 180 Ringing response to P-CSCF A via IMS core.
20-21.	When User B answers the call, UE B sends 200 OK response for INVITE to P-CSCF B, P-CSCF B forwards 200 OK response for INVITE to P-CSCF A via IMS core.
22.	P-CSCF A sends 200 OK response to UE A.
23.	UE A sends ACK to P-CSCF A.
24-25.	P-CSCF A sends ACK to P-CSCF B via IMS core, P-CSCF B forwards ACK to UE B.
[bookmark: _Toc215122908]6.14.2.2	Case2: UE A does not support VoGoN; UE B supports VoGoN and is accessing network via 3GPP-NB-IoT(GEO)
In this case the simplified call setup procedure can be performed end to end because UE B is capable of sending 180 Ringing with SDP answer.


Figure 6.14.2.2-1: Call procedure for Case2: UE B supports VoGoN and is accessing network via NB-IoT over GEO but UE A does not support VoGoN
1.	UE A sends a SIP INVITE request containing an SDP offer to P-CSCF A.
2-3.	P-CSCF A forwards SIP INVITE request to the terminating side via IMS core.
4.	Based on the knowledge that UE B is accessing network via 3GPP-NB-IoT(GEO), UE B generates SIP 180 Ringing with SDP answer and UE B does not indicate precondition in Require header.
5-6.	P-CSCF B forwards 180 Ringing to UE A via IMS core.
7-9.	UE A sends PRACK to P-CSCF A, P-CSCF A forwards PRACK to P-CSCF B via IMS core. P-CSCF B forwards PRACK to UE B.
10.	UE B alerts User B when UE B receives PRACK and UE B resource reservation is complete.
11-13.	UE B sends 200 OK response for PRACK to P-CSCF B, P-CSCF B forwards 200 OK response for PRACK to P-CSCF A via IMS core, P-CSCF A forwards 200 OK response for PRACK to UE A.
14-16.	UE B sends 200 OK response for INVITE to P-CSCF B, P-CSCF B forwards 200 OK response for INVITE to P-CSCF A via IMS core, P-CSCF A forwards 200 OK response for INVITE to UE A.
17-18.	UE A sends ACK to P-CSCF A, P-CSCF forwards ACK to P-CSCF B.
19.	P-CSCF B sends ACK to UE B.
[bookmark: _Toc215122909]6.14.3	Impacts on Services, Entities and Interfaces
The following entities are impacted based on the solution above:
Originating UE:
-	Does not include Precondition in Supported header or Require header when it is accessing network via 3GPP-NB-IoT(GEO).
-	Sends PRACK as an acknowledgment of receiving SDP answer and resource reservation completion.
Terminating UE:
-	Can decode the indication that the originating UE is accessing the network via 3GPP-NB-IoT(GEO) contained in the INVITE.
-	Determines generating SIP 180 Ringing with SDP answer in case at least one of UEs is accessing network via 3GPP-NB-IoT(GEO).
-	Does not include Precondition in Require header when it is accessing network via 3GPP-NB-IoT(GEO).
Originating IMS:
-	Indicates originating UE is accessing network via 3GPP-NB-IoT(GEO) in INVITE to the terminating side.
-	Introduce Precondition in Supported header when originating UE indicates not supporting Precondition and is accessing network via 3GPP-NB-IoT(GEO)
-	Acts as a B2B UA in case the originating UE is accessing network via 3GPP-NB-IoT(GEO), but terminating UE does not support VoGoN.
-	Performs simplified call setup procedure to originating UE and normal call procedure to terminating side.
[bookmark: _Toc161138887][bookmark: _Toc157596882][bookmark: _Toc158028860][bookmark: _Toc164701137][bookmark: _Toc164700781][bookmark: _Toc215122910]6.15	Solution #15: IMS Enhancement Solution for GEO NB-IoT NTN Access with Rate and Call Setup Time Constraints
[bookmark: _Toc23254042][bookmark: _Toc500949099][bookmark: _Toc146636842][bookmark: _Toc22214909][bookmark: _Toc195779108][bookmark: _Toc215122911][bookmark: _Toc195779109]6.15.0	High-level solution Principles
This solution is to address Key Issue #2: IMS enhancement for GEO NB-IoT NTN access.
The following principles apply to IMS enhancement for this scenario:
1.	Fixed fields in SIP messages from the UE to the P-CSCF may be omitted and completed by the P-CSCF.
2.	SIP messages from the P-CSCF to the UE include only necessary SIP headers; other headers are removed.
3.	The UE does not support pre-condition for resource reservation due to the bearer used for IMS signalling and voice are established in advance before SIP Registration procedure.
4.	The MO and MT call setup procedures involve only the exchange of essential information.
[bookmark: _Toc215122912]6.15.1	Description
The IMS enhancements include SIP signalling size reduction and reducing the number of required SIP messages.
[bookmark: _Toc215122913]6.15.1.1	SIP signalling size reduction
For SIP signalling size reduction, the UE transmits only essential headers. IEs marked "M" in RFC 3261 [18] may be omitted and shall be supplied by the P-CSCF.
Editor's note:	Whether and how to handle certain headers that are not fully aligned with IETF specifications is FFS.
[bookmark: _Toc215122914]6.15.1.1.1	Reduction of SIP Registration Messages-Uplink
For SIP REGISTER message, the headers that require simplification or omission, which will be completed by the P-CSCF, are shown in the table below:
Table 6.15.1.1.1-1
	Header
	Presence
	Completed by P-CSCF
	Note

	Call-ID
	M
	/
	Required to be carried by UE, can be simplified

	From-tag
	M
	/
	Required to be carried by UE, can be simplified

	to-tag
	M
	/
	Required to be carried by UE, can be simplified

	Contact
	C
	Yes (complete Feature-Cap)
	Retain hostport, P-CSCF adds feature-cap based on configuration or implementation

	Supported
	O
	Yes (if not included)
	/

	Allow
	O
	Yes (if not included)
	/

	Max-forwards
	O
	Yes (if not included)
	/

	Via
	M
	/
	Required to be carried by UE, branch can be simplified

	Expires
	O
	Yes (if not included)
	/

	Accept
	O
	Yes (if not included)
	/



[bookmark: _Toc215122915]6.15.1.1.2	Reduction of SIP Registration Messages-Downlink
For SIP REGISTER Response message, the headers that require simplification and the corresponding simplification methods are provided in the table below:
Table 6.15.1.1.2-1
	Header
	Presence
	Completed by P-CSCF

	Via
	M
	In the SIP request sent by the P-CSCF to the UE, the Via header is not simplified (only one Via is included if topology hiding is enabled).
In the SIP response, the received parameter is omitted if the source IP matches the sent-by.

	Contact
	M
	Remove all header parameters of the Contact header

	Content-Length
	O
	Can be omitted or simplified

	Supported
	O
	Can be omitted or simplified

	Allow
	O
	Can be omitted or simplified



The following SIP header parameters can be delivered to the UE without any simplification: Call-ID, From-tag, To-tag, CSeq, Accept-Resource-Priority, Service-Route, P-Associated-URI, Path, Reason and WWW-Authenticate.
[bookmark: _Toc215122916]6.15.1.1.3	Reduction of Call Setup Messages - Uplink
For uplink Call Setup message toward P-CSCF, the headers that require simplification or omission, which will be completed by the P-CSCF, are shown in the table below:
Table 6.15.1.1.3-1
	Header
	Presence
	Completed by P-CSCF
	Note

	Call-ID
	M
	/
	Required to be carried by UE, can be simplified

	From-tag
	M
	/
	Required to be carried by UE, can be simplified

	To-tag
	M
	/
	Required to be carried by UE, can be simplified

	Contact
	C
	Yes (complete Feature-Cap)
	Retain host port, P-CSCF adds feature-cap based on configuration or implementation

	Supported
	O
	Yes (if not included)
	/

	Allow
	O
	Yes (if not included)
	/

	Max-forwards
	O
	Yes (if not included)
	/

	Via
	M
	/
	Required to be carried by UE, branch can be simplified

	P-Preferred-Identity
	C
	/
	Not included in initial INVITE(P-CSCF retrieves PUI from From);
Included if anonymous

	Route
	O
	Yes (derived from Record-Route in in-dialog requests, no simplification)
	Not included in the initial INVITE;

	Record-Route
	O
	Yes (if not included)
	Not included in the initial INVITE

	Min-SE
	O
	Yes (if not included)
	/

	Session-Expires
	O
	Yes (if not included)
	/

	P-Preferred-Service
	O
	Yes (if not included)
	/

	Accept-Contact
	O
	Yes (if not included)
	/

	Accept
	O
	Yes (if not included)
	/

	P-Access-Network-Info
	O
	Yes (if not included)
	/



[bookmark: _Toc215122917]6.15.1.1.4	Reduction of Call Setup Messages - Downlink
For downlink Call Setup messages, the headers that require simplification and the corresponding simplification methods are provided in the table below:
Table 6.15.1.1.4-1
	Header
	Presence
	Completed by P-CSCF

	Via
	M
	In the SIP request sent by the SBC to the UE, the Via header is not simplified (only one Via is included if topology hiding is enabled).
In the SIP response, the received parameter is omitted if the source IP matches the sent-by.

	Contact
	M
	Remove all header parameters of the Contact header

	Content-Type
	O
	Can be omitted or simplified

	Content-Length
	O
	Can be omitted or simplified

	Supported
	O
	Can be omitted or simplified

	P-Preferred-Service
	M
	If a tel URI formatted PAI exists, retain only this PAI.
If only a SIP URI formatted PAI exists, no simplification is applied.

	Session-Expires
	O
	Can be omitted or simplified

	Allow
	O
	Can be omitted or simplified

	P-Asserted-Service
	O
	Can be omitted or simplified

	P-Preferred-Service
	O
	Can be omitted or simplified

	Accept-Contact
	O
	Can be omitted or simplified



The following SIP header parameters can be delivered to the UE without any simplification: Call-ID, From-tag, To-tag, CSeq, Route, Record-Route, Min-SE, RSeq, Rack, Privacy, Reason.
[bookmark: _Toc215122918]6.15.1.1.5	Reduction of SDP Negotiation-UPLINK
For SDP carried in uplink SIP call setup message, the headers that require simplification and the corresponding simplification methods are provided in the table below:
Table 6.15.1.1.5-1
	Header
	Simplification method

	o-line IP Address
	set to 1.1.1.1 (IPv4) or ::1 (IPv6)

	s-line
	set to s=-

	c-line
	include only one c-line

	b-line
	v-line does not carry b-line; only the b-line under m-line is retained

	a=sendrecv
	not included

	precondition parameters
	not included



[bookmark: _Toc215122919]6.15.1.1.6	Reduction of SDP Negotiation -DOWNLINK
For SDP carried in downlink SIP message, the headers that require simplification and the corresponding simplification methods are provided in the table below:
Table 6.15.1.1.6-1
	Header
	Specific method

	o-line IP Address
	set to 1.1.1.1 (IPv4) or ::1 (IPv6)

	s-line
	set to s=-

	c-line
	duplicate c-lines (with the same IP address) in the m-line are removed

	b-line
	delete the b-line under the v-line, retaining only the b-line under the m-line.

	a=sendrecv
	not included

	precondition parameters
	delete the precondition parameters



[bookmark: _Toc215122920]6.15.1.2	Reducing the number of required SIP messages
The default bearer (for IMS signalling) and dedicated bearer (for IMS voice) are pre-established during PDN connection establishment procedure and the IMS call setup procedure is conducted without the pre-condition. The detailed procedure is described in clause 6.15.2. The SIP signalling exchange between the UE and the P-CSCF comprises the following messages: SIP INVITE, 180 ringing, 200 OK and ACK.
[bookmark: _Toc215122921]6.15.1.3	Evaluation
[bookmark: _Toc215122922]6.15.1.3.1	MO call evaluation
Mobile-Originated (MO) Call Signalling Optimization Analysis.
Table 6.15.1.3.1-1
	
	Direction
	Original Size (byte) 
	Simplified Size (byte)

	INVITE
	UE - P-CSCF
	2003
	715

	180 ringing
	P-CSCF - UE
	924
	644

	200 OK
	P-CSCF - UE
	1488
	1117

	ACK
	UE - P-CSCF
	576
	472

	Total
	/
	4991
	2948

	Total Before Ringtone
	/
	2927
	1359



[bookmark: _Toc215122923]6.15.1.3.2	MT call evaluation
Mobile-Terminated (MT) Call Signalling Optimization Analysis.
Table 6.15.1.3.2-1
	
	Direction
	Original Size (byte) 
	Simplified Size (byte)

	INVITE
	P-CSCF - UE
	1938
	1106

	180 ringing
	UE - P-CSCF
	751
	441

	200 OK
	UE - P-CSCF
	1226
	781

	ACK
	P-CSCF - UE
	404
	326

	Total
	/
	4319
	2654

	Total Before Ringtone
	/
	2689
	1547



Editor's note:	Details of the SIP messages and the corresponding sizes are FFS.
[bookmark: _Toc215122924]6.15.1.3.3	Estimation of call setup time before ringing
The experienced data rate ranges from 1 to 3 kbps.
For the propagation delay the estimated number is based on PDB value for QCI 10 as specified in TS 23.003 [22] clause 6.1.7.2: 1100 ms.
Editor's note:	Which QCI are applicable for the dedicated EPS bearer is FFS and need coordination with RAN WGs.
The signalling before ringtone include SIP INVITE, 180 ringing.
Based on Annex A, clause A.1, the call setup time for MO UE is: 1359*8/(1k~3k)+.0.28s*(3+1)=4.744s~11.992s.
Based on Annex A, clause A.1, the call setup time for MT UE is: 1547*8/(1k~3k)+.0.28s*(3+1)=5.245s~13.496s.
[bookmark: _Toc195779110][bookmark: _Toc146636843][bookmark: _Toc23254043][bookmark: _Toc215122925]6.15.2	Procedures
[bookmark: _Toc215122926]6.15.2.1	SIP Registration Procedure
The following figure depicts the SIP registration procedure, with the IMS voice bearer pre-established and the TFT configured in advance as specified in clause 6.2.2.1 of TR 23.700-19.


Figure 6.15.2.1-1: SIP Registration Procedure
0.	The dedicated bearer for IMS voice is pre-established and the TFT has been configured. The address of the P-CSCF supporting voice over GEO is provided to the UE during the PDN session establishment procedure.
Editor's note:	Whether and how resource occupation for the dedicated bearer is to be addressed is FFS.
1.	UE sends a simplified SIP REGISTER request as described in clause 6.15.1.1.1, indicating to P-CSCF that the resource for IMS voice has already been reserved. P-Access-Network-Info header included in REGISTER request implies that the UE is accessed via a GEO.
2.	P-CSCF completes SIP REGISTER request by adding the omitted and simplified headers and forwards the completed request to IMS core.
3-4.	IMS core sends 401, P-CSCF simplifies it as described in clause 6.15.1.1.2 and sends to UE.
5.	UE performs authentication.
6-7.	UE sends a simplified SIP REGISTER, which contains the same information as the initial request, with the addition of an authentication response. The P-CSCF handles it identically to step 2.
8-9.	IMS core sends 200 OK, P-CSCF simplifies it as described in clause 6.15.1.1.2 and sends to UE.
[bookmark: _Toc215122927][bookmark: _Toc326248711][bookmark: _Toc510604409][bookmark: _Toc22214911]6.15.2.2	Mobile Origination Procedure
The following figure depicts the IMS Mobile origination call setup Procedure, where the MO UE accesses the network via NB-IoT over GEO.


Figure 6.15.2.2-1: Mobile Origination Procedure
1.	Establish the default bearer for SIP signalling and dedicated bearer for voice in advance.
2.	UE has registered in IMS as clause 6.15.2.1.
3.	The MO UE sends the SIP INVITE message including the satellite codec and basic headers as specified in clause 6.15.1.1. The omitted information is completed by the P-CSCF based on operator policy or implementation.
4.	P-CSCF complete the SIP INVITE and forwards to IMS core. The P-CSCF checks the SIP message and decides whether additional codec(s) need be inserted into SIP message based on the session information and interworking agreement.
5-10.	The P-CSCF handles SIP 100 Trying, receives 183 Session Progress with SDP, sends PRACK and processes 200 OK (PRACK). Based on the resource reservation indication received during SIP REGISTER, it skips resource reservation. It then directly forwards the SIP UPDATE from the IMS core and processes the 200 OK (UPDATE) response.
11.	IMS CORE send completed 180 ringing to P-CSCF.
12.	P-CSCF delete the header specified in clause 6.15.1 and send the simplified signalling to UE.
13.	IMS CORE send completed 200 OK to P-CSCF.
14.	P-CSCF delete the header specified in clause 6.15.1.1 and send the simplified signalling to UE.
15.	UE sends ACK to P-CSCF, which will be completed and forwarded to IMS CORE.
[bookmark: _Toc215122928]6.15.2.3	Mobile Termination Procedure
The following figure depicts the IMS Mobile termination procedure, where the MT UE accesses the network via NB-IoT over GEO.


Figure 6.15.2.3-1: Mobile Termination Procedure
The principles and handling procedures for IMS signaling are consistent with those defined in clause 6.15.2.2 and are outlined as follows:
-	The default and dedicated bearers are pre-established in step 1.
-	The P-CSCF receives the complete SIP signalling from the IMS CORE, removes specific elements as specified in clause 6.15.1 and forwards the modified signalling to the UE in steps 3 and 12.
-	Step 4 will be executed when the UE is in IDLE state.
-	The UE transmits simplified SIP signalling as specified in clause 6.15.1 in steps 11,13, which will be completed by the P-CSCF as operator policy or implementation.
Editor's note:	FFS how the P-CSCF to be configured with appropriate context to complete the omitted information.
-	The SDP answer is conveyed in the 200 (OK) response at step 13.
-	The P-CSCF skips resource reservation based on the resource reservation indication received during SIP REGISTER.
[bookmark: _Toc23254044][bookmark: _Toc146636844][bookmark: _Toc195779111][bookmark: _Toc215122929]6.15.3	Impacts on Services, Entities and Interfaces
Editor's note:	Further impact is FFS.
UE:
-	Support transmission and reception of simplified SIP signalling.
-	Support send SIP INVITE without pre-condition and early-media.
-	Support indication of the resource reservation state.
P-CSCF:
-	Support completion of simplified SIP signalling.
-	Support simplification of SIP signalling.
-	Support handling of SIP INVITE messages without precondition.
-	Support B2BUA.
-	Combining network and IMS authorization.
[bookmark: _Toc215122930]6.16	Solution #16: CST reduction by pre-configuring SDP parameters
[bookmark: _Toc215122931]6.16.0	High-level solution Principles
This solution addresses Key Issue #2: "IMS Enhancements for GEO NB-IoT NTN Access".
This solution aims to reduce the Call Setup Time by introducing SDP pre-configuration procedure (e.g. during SIP registration procedure) to early configure SDP parameters for later SIP calls. There can be several options to achieve early configuration of SDP parameters for later SIP calls:
	Option 1: Pre-configuration during SIP registration.
	Option 2: Pre-configuration by pre-call SIP message flow.
	Option 3: Using pre-define SDP parameters.
[bookmark: _Toc215122932]6.16.1	Description
This solution aims to reduce the Call Setup Time by introducing SDP pre-configuration procedure (e.g. during SIP registration procedure or by pre-call SIP messages) to early configure SDP parameters for later IMS calls. Since the network resource is limited when using GEO satellite access, it's considered that there might be only few options for SDP parameters (such as for codec capability, parameters for media transfer…) and the SDP parameters can be simple and semi-fixed within the same IMS registration period.
[bookmark: _Toc215122933]6.16.2	Procedures
[bookmark: _Toc215122934]6.16.2.1	Option 1: Pre-configuration during SIP registration


Figure 6.16.2.1-1: Registration Procedure with "SDP pre-config" feature
Figure 6.16.2.1-1 is a signalling diagram for UE using GEO satellite access to successfully activate the "SDP pre-negotiation" mechanism, which includes the following steps:
0.	The UE is ATTACHED to a PLMN over GEO via NB-IoT NTN connecting to EPC and has established IMS PDN Connection. The UE acquires the IP address of the UE and the P-CSCF during the IMS PDN Connection establishment procedure.
Editor's note:	How to ensure that the P-CSCF selected by the UE supports SDP pre-configuration is FFS.
1.	The UE sends a SIP REGISTER message, which includes a "SDP pre-config" feature tag to indicate that the UE support "SDP pre-configuration", to the IMS CN.
2.	The P-CSCF supports "SDP pre-configuration" and determines to use the "SDP pre-configuration" mechanism and responds with a 401 Unauthorized message that also includes the"SDP pre-config" feature tag.
3.	The UE sends a (encrypted) REGISTER message, which includes an XML body containing the requested SDP parameters of UE side (e.g. IP address, port and voice codec), to the P-CSCF.
4.	The P-CSCF selects the final SDP parameters, saves it in the P-CSCF and responds with a 200 OK message that also includes an XML body containing the pre-configured SDP parameters of P-CSCF side.
5.	The pre-configured SDP parameters is saved in both the UE and P-CSCF sides and the pre-configured SDP parameters determined during previous steps (i.e. during SIP Registration Procedure) will be used in all the following IMS calls during the IMS registration lifecycle.


Figure 6.16.2.1-1a: Example of SDP negotiation during SIP registration procedure
Figure 6.16.2.1-1a is a more detailed SDP negotiation example during SIP registration procedure.
[bookmark: _Toc215122935]6.16.2.2	Option 2: Pre-configuration with pre-call SIP message flow


Figure 6.16.2.2-1: Pre-configuration Procedure with pre-call SIP message flow
Figure 6.16.2.2-1 is a signalling diagram for UE using GEO satellite access to successfully activate the "SDP pre-configuration" mechanism with pre-call SIP message flow. , which includes the following steps:
0.	The UE is ATTACHED to a PLMN over GEO via NB-IoT NTN connecting to EPC and has established IMS PDN Connection and registered to IMS. The UE acquires the IP address of the UE and the P-CSCF during the IMS PDN Connection establishment procedure. The UE during the SIP registration procedure indicates its support of "SDP pre-config" and the IMS Server responds to accept to use the "SDP pre-config".
1.	The UE sends an SIP OPTION/INFO/INVITE message, which includes a "SDP pre-config" feature tag to indicate that this SIP message is aim to do the "SDP pre-configuration" and a SDP offer containing the requested SDP parameters of UE side (e.g. IP address, port and voice codec), to the P-CSCF.
Editor's note:	Which SIP message to use for pre-configuration is FFS.
2.	The P-CSCF supports "SDP pre-configuration" and selects the final SDP parameters, saves it in the P-CSCF and responds with a 200 OK message that includes SDP answer containing the pre-configured SDP parameters of P-CSCF side. When the pre-configuration is done by SIP INVITE message, the UE responds an ACK.
3.	The pre-configured SDP parameters is saved in both the UE and P-CSCF sides and the pre-configured SDP parameters determined during previous steps will be used in all the following IMS calls during the IMS registration lifecycle.
NOTE:	SIP message pre-configuration can be extended to support adding and modification of pre-configured media configurations.


Figure 6.16.2.2-1a: Example of SDP offer/answer in pre-call SIP message flow
Figure 6.16.2.2-1a is a more detailed SDP offer/answer example in pre-call SIP message flow.
[bookmark: _Toc215122936]6.16.2.3	Option 3: Using pre-define SDP parameters
For the UE using GEO satellite access, the SDP parameters are pre-defined. The following call initiation can based on the pre-defined SDP. That is, the UE can sent SIP INVITE without the SDP and the P-CSCF can help to restore the SDP for GEO satellite access.
[bookmark: _Toc215122937]6.16.2.4	Call Set Up Procedure after SDP pre-configuration procedure


Figure 6.16.2.4-1: MO Call Setup Procedure with SDP pre-configuration applied
Figure 6.16.2.4-1 is a signalling diagram of a UE using GEO satellite access makes an MO IMS call, which includes the following steps:
0.	The UE successfully finished the IMS registration procedure and SDP parameters are pre-configured by Option 1(see Figure 6.16.2.1-1), Option 2(see Figure 6.16.2.2-1) or Option 3.
1.	The UE using GEO access initiates an IMS call and send an SIP INVITE without SDP or with the pre-configured SDP.
2~3.	The P-CSCF restores the pre-configured SDP parameters to trigger call initiation and forward the INVITE with SDP offer to IMS CN.
4~5.	IMS CN sends 100 Trying and 183 Session Progress with SDP answer to the P-CSCF.
6.	Optionally, the Dedicated EPS Bearer Context for voice is activated.
NOTE 1:	Step 6 is optional and based on operator's policy.
7~9.	The P-CSCF sends PRACK to the IMS CN and receives the SIP 200 OK for PRACK. P-CSCF sends UPDATE to the IMS CN and the IMS CN replies 200 OK for UPDATE. The P-CSCF receives 180 Ringing from IMS CN. The P-CSCF then sends 180 Ringing to the UE.
10~11.	IMS CN sends SIP 200 OK for INVITE to the P-CSCF. The P-CSCF sends SIP 200 OK to the UE with the pre-configured SDP or without SDP. The P-CSCF receives ACK from the UE and sends it to the IMS CN.
12.	The media paths between UE and IMS CN have been established.


Figure 6.16.2.4-2: MT Call Setup Procedure with SDP pre-configuration applied
Figure 6.16.2.4-2 is a signalling diagram of a UE using GEO satellite access accepts a MT IMS call, which includes the following steps:
0.	The UE successfully finished the IMS registration procedure and SDP parameters are pre-configured by Option 1(see Figure 6.16.2.1-1), Option 2(see Figure 6.16.2.2-1) or Option 3.
1.	IMS CN sends an INVITE with SDP to the P-CSCF.
2.	The P-CSCF can removes the SDP in the INVITE since the SDP parameters have been pre-configured or keep the SDP.
3.	The P-CSCF sends 100 Trying to the IMS CN.
4~5.	The P-CSCF restores the pre-configured SDP parameters and sends 183 Session Progress with SDP answer to the IMS CN.
5.	Optionally, the Dedicated EPS Bearer Context for voice is activated.
NOTE 2:	Step 5 is optional and based on operator's policy.
6~7.	IMS CN sends PRACK to the P-CSCF and receives the SIP 200 OK for PRACK. P-CSCF receives UPDATE from the IMS CN and the P-CSCF replies 200 OK for UPDATE.
8.	The UE sends 180 Ringing to the P-CSCF. P-CSCF sends it to the IMS CN.
9~10.	The UE answers the call and sends SIP 200 OK for INVITE to the P-CSCF. The P-CSCF sends SIP 200 OK to the IMS CN. The P-CSCF receives ACK from the IMS CN and sends it to the UE.
11.	The media paths between UE and IMS CN have been established.
NOTE 3:	This solution focus on the SDP pre-configuration flow. For the support from IMS network for transcoding and B2BUA service when either MO or MT UE is connecting via GEO is needed but not discussed in this solution and is assumed to be solved by other solutions.
Editor's note:	It's FFS whether this solution compliant to RFC.
[bookmark: _Toc215122938]6.16.2.5	Message size estimation of existing flow and SDP Pre-configuration flow
This clause describes comparison on the estimated message size of Option 1, Option 2 and existing flow.
Table 6.16.3-1 provides the estimated size increment of additional tag and XML body in SIP REGISTER for SDP Pre-configuration during IMS registration in Option 1.

Table 6.16.2.5-1: Estimated delta size for IMS registration flow with SDP pre-configuration for Option 1
	Message
	Delta size for SDP Pre-configuration(byte)

	REGISTER
	20

	401 Unauthorized
	20

	REGISTER
	295

	200 OK
	235

	Total
	570



Table 6.16.2.5-2 provides the estimated message size of SDP Pre-configuration flow with pre-call SIP messages in Option 2. Take SIP INFO flow for example:
Table 6.16.2.5-2: Estimated size for SDP pre-configuration with dedicated SIP messages in Option 2
	Message
	Estimated SIP message size (header+SDP) (byte)

	INFO/OPTION/INVITE
	500

	200 OK
	255

	Total
	755



Table 6.16.2.5-3 provides the estimated message size for existing flow and the message size applied SDP Pre-configuration flow optimization. By applying SDP pre-configuration and the flow without pre-condition, the total message size for call set up can be reduced by 84% which is from 12678 bytes to 2046 bytes. Additionally, message compression can be applied simultaneously, such as "UDC" or "SigComp", to further reduce the CST.
Table 6.16.2.5-3: Estimated message size for Call Setup Procedure with SDP Pre-configuration flow
	Message
	Existing Flow (byte)
	With SDP Pre-configuration Flow (byte)

	INVITE
	2,441
	1121

	100 Trying
	379
	NO need

	183
	1,601
	NO need

	PRACK
	1,120
	NO need

	200 OK (PRACK)
	530
	NO need

	UPDATE
	1,929
	NO need

	200 OK (UPDATE)
	1,494
	NO need

	180 Ringing
	925
	925

	Total
	12,678
	2046



Editor's note:	It's FFS whether to use other compression method, e.g. SigComp, UDC (Uplink Data Compression)…etc. to further reduce CST.
Editor's note:	The number used for calculation is FFS.
[bookmark: _Toc215122939]6.16.3	Impacts on Services, Entities and Interfaces
Editor's note:	Any further impacts are FFS.
Option 1:
UE:
-	Support SDP pre-configuration procedure in IMS Registration flow.
P-CSCF:
-	Support SDP pre-configuration procedure in IMS Registration flow.
-	Support storing pre-configured SDP.
Option 2:
UE:
-	Support SDP pre-configuration procedure after registered to IMS NW.
-	Support SDP pre-configuration using SIP INVITE/INFO/OPTION.
P-CSCF:
-	Support SDP pre-configuration procedure by SIP INVITE/INFO/OPTION.
-	Support storing pre-configured SDP.
Option 3:
UE:
-	Support storing pre-defined SDP parameters for GEO satellite access.
P-CSCF:
-	Support storing pre-defined SDP parameters for GEO satellite access.
[bookmark: _Toc215122940]6.17	Solution #17: IMS signalling performance optimization based on SIP message compression
[bookmark: _Toc195603245][bookmark: _Toc215122941]6.17.0	High-level solution Principles
This solution addresses Key Issue 2 and supports IMS signalling performance optimization.
This solution is based on the usage of SigComp for IMS signalling message delivery between UE and IMS network.
If SIP/SigComp is used in an IMS call flow, the following principles are proposed:
-	An IMS AS is applied as B2BUA to support the simplified IMS signalling for a UE connected via GEO and signalling exchange with the peer UE via legacy signalling procedures.
-	The IMS AS is applied to control proactive media transcoding for the potential low data rate audio codec for the UE connected via GEO.
-	A media function (e.g. MF, MRF) is applied to support transcoding of low data rate audio codec to other existing audio codec in an IMS session.
-	The serving P-CSCF of a UE connected via GEO may trigger QoS authorization and resource reservation when receives a SIP INVITE to/from the UE to reduce the signalling exchange.
-	UE and P-CSCF perform SIP message compression/decompression.
[bookmark: _Toc195603246][bookmark: _Toc215122942]6.17.1	Description
[bookmark: _Toc215122943]6.17.1.1	Requirements
To meet SA WG1 performance requirements for IMS voice call setup time using GEO satellite, the IMS signalling messages exchanged between UE and IMS network via GEO satellite need to be optimized.
The IMS signalling flow always requires high reliability. It's a big challenge to support IMS signalling exchange between UE and IMS network in the scenarios of voice services via GEO satellite. The transmission data rate of NB-IoT via GEO satellite is very restricted, e.g. 1-2 kbps as described in TR 22.887 [23], which causes long transmission delay for the IMS signalling message delivery. The propagation delay via satellite is associated with these orbit ranges. The UE to ground max propagation delay is estimated to be 272ms, as specified in TS 22.261 [8]. In addition, the re-transmission of IMS singling via GEO satellite is more frequent than terrestrial access due to the radio resource condition,
Considering the above, the message size and number of exchanged signalling messages between UE and IMS network need to be reduced to meet SA1 requirements on IMS call setup time.
Potential new Ultra Low Bitrate Codecs (ULBC) for the voice services via GEO satellite are under study in SA4 to support the low data rate via GEO over NB-IoT, e.g. 1-2 kbps as described in TR 22.887 [23]. It is assumed that the potential new audio codec is supported by the legacy IMS entities and UEs. Media transcoding is always required for the interworking with legacy UEs.
[bookmark: _Toc215122944]6.17.1.2	Uncompressed SIP message
Following message is an example of minimum required set of Initial SIP INVITE message with SDP for audio media. The size of the SIP INVITE message is counted to be 491 Bytes.
	INVITE sip:bob@biloxi.com SIP/2.0
	Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds
	Max-Forwards: 70
	To: Bob <sip:bob@biloxi.com>
	From: Alice <sip:alice@atlanta.com>;tag=1928301774
	Call-ID: a84b4c76e66710@pc33.atlanta.com
	CSeq: 314159 INVITE
	Contact: <sip:alice@pc33.atlanta.com>
	Content-Type: application/sdp
	Content-Length: 142
	v=0
	o=mhandley 2890844526 2890842807 IN IP4 126.16.64.4 
	s=
	c=IN IP4 224.2.17.12/127 
	t=0 0 
	m=audio 49170 RTP/AVP 99 
	a=rtpmap:99 ULBC-X 
	b=AS:2  
	ptime=40

[bookmark: _Toc215122945]6.17.1.3	SIP Signaling Compression
SigComp (Signalling Compression) is a protocol designed to compress signalling messages, such as those used in SIP (Session Initiation Protocol), to reduce bandwidth usage and improve performance, especially over networks with limited capacity.
As an example, the SIP INVITE message presented in clause 6.17.1.2 can be compressed to 285 Bytes with SigComp (processed by toolkit of Doubangou + zlib 1.2.3).
NOTE:	The need to extend the static dictionary for SIGCOMP in NB-IoT (GEO) scenario will be evaluated during Stage 3.
[bookmark: _Toc195603247][bookmark: _Toc215122946]6.17.2	Procedures
[bookmark: _Toc215122947]6.17.2.1	General
To reduce the IMS signalling messages exchanged between the UE and IMS network via GEO satellite access, the following SIP call setup flow specified in RFC 3261 [18] can be considered as baseline for the reduction of IMS signalling messages exchanged via GEO satellite access.


Figure 6.17.2.1-1: Example of SIP call flow
Editor's note:	Whether supporting preconditions specified in RFC 3312 [24] for resource reservation during SIP session establishment is FFS.
[bookmark: _Toc215122948]6.17.2.2	Satellite UE originated session


[bookmark: _CRFigure5_19]Figure 6.17.2.2-1: Satellite UE originated session procedures
1.	UE (A) sends an initial INVITE towards User (B). Based on the radio access type (NB-IoT via GEO satellite access), UE(A) decides to use low data-rate audio codec (codec-x) for the session and applies simplified SIP signalling, e.g. SIP precondition not needed or marked as met in the UE side.
2.	The P-CSCF replies 100 Try Response to UE(A).
3.	The P-CSCF detects that the UE is connected via NB-IoT (GEO). To reduce the call setup time, the P-CSCF triggers QoS authorization and resource reservation to EPS. An additional radio bearer may be established for the voice flow.
4.	The P-CSCF forwards the INVITE to the S-CSCF. The S-CSCF sends the INVITE to the IMS AS which serves as an B2BUA of the IMS session.
5.	The AS determines to trigger proactive transcoding for UE(A). The AS triggers the related media function (e.g. MF/MRF) to reserve media resource for the transcoding from codec-X to the other audio codec for the IMS session.
6.	The AS modifies the SIP INVITE with additional list of default audio codec (e.g. AMR).
7.	The AS and terminating network/UE(b) exchange SDP Off/Response for media codec negotiation.
8.	Codec-A is selected and confirmed for the media flow between MF/MRF and UE(B).
9.	The AS updates the media resource in the MF/MRF for transcoding between codec-X and codec-A. The media endpoint to UE(B) is updated as well.
10.	UE(B) starts ringing.
11.	When the user answers, UE(B) sends the SDP Offer Response with codec-A in SIP 200 OK to the AS. The AS modifies codec-A to codec X and forwards the Offer response to UE(A).
12.	UE(B) send ACK to UE(A)
13.	The media flow between UE(A) and MF/MRF is in codec-X. The MF/MRF performs media transcoding.
14.	The media flow between MF/MRF and UE(B) is in codec-A.
[bookmark: _Toc215122949]6.17.2.3	Satellite UE terminated session


Figure 6.17.2.3-1: Satellite UE terminated session procedures
1.	UE (B) sends an initial INVITE towards UE(A). The INVITE is sent to the S-CSCF in the serving IMS of UE(A) and forwarded to the serving AS.
2-4.	The AS is aware that UE(A) is connected to IMS via NB-IoT (GEO) based on the UE(A)'s IMS registration information. The AS serves as a B2BUA for UE(A) to negotiate the media codec with UE(B). Codec-A is finally selected and confirmed between the AS and UE(B).
5.	The AS determines to trigger proactive transcoding for UE(A) and initiates the media resource reservation in the MF/MRF for media transcoding between UE(A) and UE(B).
6.	The AS modifies the INVITE message and includes the audio codecs that can be transmitted via NB-IoT (GEO), Codec-X as examples. The INVITE is sent to the S-CSCF and forwarded to the P-CSCF.
Editor's note:	How the AS becomes aware of the UE supported audio codec (e.g. via pre-configuration, via UE registration) is FFS.
7.	The P-CSCF is aware that UE(A) is connected to IMS via NB-IoT (GEO) based on the UE(A)'s IMS registration information. And triggers QoS authorization and resource reservation to EPS. An additional radio bearer may be established for the voice flow.
8.	After the radio resource is reserved for UE(A), the P-CSCF sends the INVITE to UE(A).
9.	UE(A) starts ringing.
10.	The ringing message is sent to the AS via the S-CSCF.
11.	The AS updates the media resource reservation in the MF/MRF. The AS instructs the MF/MRF to perform transcoding between codec-X and codec-A for the IMS session.
12.	The AS sends the 180 Ringing message to UE(B).
13.	When the user answers, UE(A) sends the Offer Response with code-X in 200-OK to the AS. AS modifies the codec-X to codec-A and forwards to UE(B).
14.	UE(B) sends ACK to UE(A).
15.	UE starts the media flow(s) for this session. The media flow between UE(A) and MF/MRF is transmitted in codec-X. The MF/MRF performs media transcoding.
16.	The media flow between MF/MRF and UE(B) is transmitted in codec-A.
[bookmark: _Toc195603248][bookmark: _Toc215122950]6.17.3	Impacts to Services, Entities and Interfaces
UE:
-	Supports SIP message compression/decompression protocols.
-	Supports audio codec for NB-IoT (GEO).
-	Supports simplified SIP signalling procedures when connected to IMS via NB-IoT (GEO).
IMS AS:
-	Supports acting as B2BUA for the simplified SIP signalling exchange with UE connected to IMS via NB-IoT (GEO).
-	Supports the signalling exchange with the peer network/UE via legacy IMS signalling procedures.
-	Supports triggering of proactive media transcoding for the session from/to a UE connected to IMS via NB-IoT (GEO).
MF/MRF:
-	Supports media transcoding for the UE connected to IMS via NB-IoT (GEO).
P-CSCF:
-	Supports early triggering QoS authorization and resource reservation to EPS upon receiving INVITE from/to a UE connected to IMS via NB-IoT (GEO).
-	Supports SIP message compression/decompression.
[bookmark: _Toc215122951]6.18	Solution #18: Using extended I1 over IP/UDP between UE and AS for call setup signalling
[bookmark: _Toc215122952]6.18.0	High-level solution Principles
This solution address Key Issue #2: "IMS Enhancements for GEO NB-IoT NTN Access".
This solution is based on I1 messages specified in TS 23.292 [15] and TS 24.294 [14] with following clarifications:
1. Extended I1 is transferred over IP/UDP:
-	Using the IP address and UDP port of AS for transferring signalling for call setup.
-	Negotiating to use extended I1 between UE and AS during SIP REGISTER procedure.
2.	I1 is extended to include voice resource information:
-	Include IP address and UDP port for voice data.
-	Include supported codecs/selected codec and PTime.
Editor's note:	It is FFS whether the added information is enough for GEO voice call.
3. AS is the terminating endpoint of the extended I1:
-	AS translates between extended I1 messages and SIP messages.
4.	AS triggers the MRF to provide silence data before session is answered:
-	The silence data help to start ROHC before session is answered and improve the user experience on voice transmission after session is answered.
[bookmark: _Toc215122953]6.18.1	Description
This solution is based on voice bearer not pre-established. The type of IMS PDN Connectivity is IP as usual.
This solution proposes to use 3GPP defined feature-tag to negotiate using extended I1 messages between UE and AS for call processing handling during SIP REGISTER procedure.
After ringing and before session is answered, AS triggers the MRF to play silence data towards UE and UE sends silence data.
[bookmark: _Toc215122954]6.18.2	Procedures
[bookmark: _Toc215122955]6.18.2.1	Registration
During the SIP REGISTER procedure, the UE and IMS network (i.e. AS that is provisioned to UE during EPS attach/IMS PDN Connection setup procedure) negotiate capability of using extended I1 for IMS procedures. The negotiation can be based on the RAT type and 3GPP defined feature-tag for NBIoT voice service. The AS delegates the UE to register the UE into the IMS network via S-CSCF.
Editor's note:	The impact to the legacy SIP REGISTER procedure is FFS.
Following is an example SIP REGISTER request message sent from UE to AS:
	REGISTER tel:+8613512345678 SIP/2.0
	v:SIP/2.0/UDP pc33.vs.ims.mno.3g.org:5060;branch=z9hG4bKnashd9
	f:<sip:+8613512345678@vs.ims.mno.3g.org>;tag=192830
	t:<tel:+8613512345678>;tag=201563
	i:a84b
	CSeq:32 REGISTER
	Max-Forwards:70
	m:<sip:+8613512345678@vs.ims.mno.3g.org>,q=0.7;expires=3600;+g.3gpp.nb-voice="extended I1"
	P-Access-Network-Info:3GPP-NB-IoT(GEO);utran-cell-id-3gpp=C359A
	Authorization:Digest username="13512345678",realm="vs.ims.mno.3g.org",uri="sip:+8613512345678@vs.ims.mno.3g.org",response="a3f549b13f477562f4445b7277cd83c1",nonce="qlwqVapVqlWqVapVqlWqVUUQA5HEt9VVZ3t1TM221cg=",algorithm=AKAv1-MD5

In the example, if the P-Access-Network-Info (PANI) indicates that the RAT type of the UE is NBIoT (GEO), when NBIoT voice feature-tag is presented (in this example, UE indicates support of extended I1 protocol), the AS sends response to UE with NBIoT voice feature-tag to inform UE to use extended I1 messages over IP/UDP for call processing between UE and AS. The extended I1 messages will be transferred via the same UDP port used for SIP messages.
During the SIP REGISTER procedure, UE and AS will setup security association (i.e. IPSec) for IMS signalling transfer as usual.
[bookmark: _Toc215122956]6.18.2.2	Mobile originating
The following figure depicts the mobile originating procedure in the NB-IoT (GEO) scenario using extended I1.


Figure 6.18.2.2-1: Mobile originating procedure
0.	UE performs IMS registration procedure as described in clause 6.18.2.1.
1.	UE generates extended I1 invite message (based on table 7.3.2.1 of TS 24.294 [14]) with port number for receiving DL voice data and supported codecs and sends the extended I1 invite message to AS.
Table 6.18.2.2-1
	Information element
	Type/Reference
	Presence
	Format
	Length

	Protocol Information
	Protocol Information
	M
	V
	1

	Message Type
	Request Message - INVITE
	M
	V
	2

	Call ID
	Call-Id
	M
	V
	3

	Message Sequence Number
	Sequence-Id
	M
	V
	1

	Timestamp
	Timestamp
	O
	TLV
	6

	To-id (NOTE 1)
	Logical identity of the recipient for the request
	M
	TLV
	3-X

	From-id (NOTE 1)
	logical identity that the dialogue originates from
	M
	TLV
	3-X

	Accept Contact
	Accept Contact
	O
	TLV
	5

	ERAccept Contact
	ERAccept Contact
	O
	TLV
	3-X

	Reject Contact
	Reject Contact
	O
	TLV
	5

	UDP Port Number (NOTE 2)
	UDP port for receiving voice data
	C
	V
	2

	Supported Codecs
(NOTE 3)
	Supported codecs
	C
	V
	1

	NOTE 1:	For voice over NBIoT usage, the value can be an E.164 number.
NOTE 2:	Extended for voice over NBIoT usage.
NOTE 3:	Extended for voice over NBIoT usage. The value is a bitmap of supported codecs.



2.	AS requests MRF to allocate the resources for network side, as well as allocate and configure resources for UE side based on the received Address information (UDP Port Number and underlayer source IP address).
3.	AS triggers the PCRF to perform dedicated EPS bearer establishment for voice data. The dedicated EPS bearer is over CP or UP depends on solution for KI#1.
4.	Meanwhile, AS generates a SIP INVITE message with SDP offer based on the received I1 Invite message. The SDP offer contains resource information allocated by MRF for network side.
Editor's note:	Information required for interaction between AS and S-CSCF is FFS.
5.	AS receives SIP 183 Progress with SDP answer from IMS core.
6.	AS requests MRF to configure the resources for network side based on the SDP answer.
7.	AS sends a SIP PRACK message to IMS core and receive SIP 200 OK (PRACK) from IMS core. AS sends SIP UPDATE to IMS core and receive SIP 200 OK (UPDATE) from IMS core.
8.	AS receives SIP 180 Ringing from IMS core.
9.	AS generates an extended I1 progress message (based on table 7.3.7.1 of TS 24.294 [14]) indicating ringing, which includes PTime, IP Address and port number of MRF for UE side in step 2 and selected codec. AS sends the extended I1 progress message to UE.
Table 6.18.2.2-2
	Information element
	Type/Reference
	Presence
	Format
	Length

	Protocol Information
	Protocol Information
	M
	V
	1

	Message Type
	Request Message – PROGRESS, Reason indicates 180
	M
	V
	2

	Call ID
	Call-Id
	M
	V
	3

	Message Sequence Number
	Sequence-Id
	M
	V
	1

	SCC AS PSI DN (NOTE 1)
	SCC AS PSI DN
	M
	LV
	3-15

	Full Address (NOTE 2)
	IP address (IPv4/IPv6) and UDP port
	C
	V
	6/18

	Codec Info (NOTE 3)
	Selected codec and PTime
	C
	V
	1

	NOTE 1:	For voice over NBIoT usage, this IE is omitted because of no CS domain.
NOTE 2:	Extended for voice over NBIoT usage. The length is 6 if R bit in octet 2 is "1" (IPv4), otherwise length is 18 (IPv6).
NOTE 3:	Extended for voice over NBIoT usage. Bits 4-7 (i.e. value 0 - 7) indicate the index of the codec. Bits 0-3 indicate the index of PTime. The followings are the example PTimes:
		0: 80ms.
		1: 160ms.
		2: 320ms.



10.	AS triggers MRF to play silence RTP packets towards UE when determining the UE is access via NB-IoT (GEO). The silence RTP packets transfer will trigger RAN to start ROHC for DL data.
	The UE can also transfer silence RTP packets toward network based on the addresses received in step 9 when determining the dedicated EPS bearer has been established, this will trigger RAN to start ROHC for UL data.
11.	AS receives SIP 200 OK from IMS core.
12.	AS generates a I1 success message and sends it to UE.
13.	AS generates a SIP ACK message and sends it to IMS core.
[bookmark: _Toc215122957]6.18.2.3	Mobile terminating
The following figure depicts the mobile terminating procedure in the NB-IoT (GEO) scenario using extended I1.


Figure 6.18.2.3-1: Mobile terminating procedure
0.	UE performs IMS registration procedure as described in clause 6.18.2.1.
1.	AS receives SIP INVITE message with SDP offer from IMS core.
Editor's note:	Information required for interaction between AS and S-CSCF is FFS.
2.	AS requests MRF to allocate the resources for UE side, as well as allocate and configure resources for network side based on the received SDP offer.
3.	AS generates extended I1 invite message (based on table 7.3.3.1 of TS 24.294 [14]) with IP address and port number of MRF for UE side for receiving UL voice data and supported codecs based on the received SIP INVITE message, then sends the extended I1 invite message to UE.
Table 6.18.2.3-1
	Information element
	Type/Reference
	Presence
	Format
	Length

	Protocol Information
	Protocol Information
	M
	V
	1

	Message Type
	Request Message - INVITE
	M
	V
	2

	Call ID
	Call-Id
	M
	V
	3

	Message Sequence Number
	Sequence-Id
	M
	V
	1

	Timestamp
	Timestamp
	O
	TLV
	6

	From-id (NOTE 1)
	logical identity that the dialogue originates from
	M
	TLV
	3-X

	SCC AS PSI DN (NOTE 2)
	SCC AS PSI DN
	M
	LV
	3-15

	To-id (NOTE 1)
	Logical identity of the recipient for the request
	M
	TLV
	3-X

	Conference-id
	Conference-id
	O
	LV
	FFS

	Full Address (NOTE 3)
	IP address (IPv4/IPv6) and UDP port
	C
	V
	6/18

	Supported Codecs
(NOTE 4)
	Supported codecs
	C
	V
	1

	NOTE 1:	For voice over NBIoT usage, the value can be an E.164 number.
NOTE 2:	For voice over NBIoT usage, this IE is omitted because of no CS domain.
NOTE 3:	Extended for voice over NBIoT usage. The length is 6 if R bit in octet 2 is "1" (IPv4), otherwise length is 18 (IPv6).
NOTE 4:	Extended for voice over NBIoT usage. The value is a bitmask of supported codecs.



4.	AS generates SIP 183 Progressing message with SDP answer and sends the SIP 183 Progressing message to IMS core. The SDP answer contains resource information allocated by MRF for network side.
5.	Meanwhile, AS sends the resources information for transferring voice data between UE and MRF to the PCRF, which triggers the PGW to establish a dedicated EPS bearer for voice data. The dedicated EPS bearer is over CP or UP depends on solution for KI#1.
6.	AS receives a SIP PRACK message from IMS core and send SIP 200 OK (PRACK) to IMS core. AS receives SIP UPDATE with SDP offer from IMS core.
7.	After the dedicated EPS bearer established, the UE generates extended I1 progress message (based on table 7.3.6.1 of TS 24.294 [14]) indicating ringing with PTime, port number of UE and selected codec, then sends it to AS.
Table 6.18.2.3-2
	Information element
	Type/Reference
	Presence
	Format
	Length

	Protocol Information
	Protocol Information
	M
	V
	1

	Message Type
	Request Message – PROGRESS, Reason indicates 180
	M
	V
	2

	Call ID
	Call-Id
	M
	V
	3

	Message Sequence Number
	Sequence-Id
	M
	V
	1

	Port Number (NOTE 1)
	UDP port for receiving voice data
	C
	V
	2

	Codec Info (NOTE 2)
	Selected codec and PTime
	C
	V
	1

	NOTE 1:	Extended for voice over NBIoT usage.
NOTE 2:	Extended for voice over NBIoT usage. Bits 4-7 (i.e. value 0 - 7) indicate the index of the codec. Bits 0-3 indicate the index of PTime.



8.	AS requests MRF to configure the resources for UE side based on the PTime, IP Address and port number of UE and selected codec. The AS interacts with PCRF, who triggers the PGW to update DL TFT for the dedicated EPS bearer.
9.	AS triggers MRF to play silence RTP packets towards UE when determining the UE is access via NB-IoT (GEO). The silence RTP packets transfer will trigger RAN to start ROHC for DL data.
	The UE can also transfer silence RTP packets toward MRF based on the addresses received in step 3 when determining the dedicated EPS bearer has been established, this will trigger RAN to start ROHC for UL data.
10.	AS sends SIP 200 OK (UPDATE) with SDP answer to IMS core, then generates SIP 180 Ringing message and sends it to IMS core.
11.	UE generates a I1 success message and sends it to AS.
12.	AS generates SIP 200 OK message and sends it to IMS core.
13.	AS receives a SIP ACK message from IMS core.
[bookmark: _Toc215122958]6.18.2.4	Information for call setup time evaluation-
The following estimation is based on I1 message over AS/IPSec/UDP with following assumptions:
-	Protocol header for AS layer is 4 bytes.
-	Protocol header for IPv6 layer is 40 bytes.
-	Protocol header for UDP layer is 8 bytes.
-	IPSec in transport mode is applied.
-	Integrity protection deactivated.
-	One of AES algorithm variants is applied for confidentiality protection (16-byte block size), padding is needed if size of UDP header, I1 message and 2 bytes of ESP tail is not multiple of 16.
The following table shows the estimated message information during mobile originating procedure, the first addition is size of protocol headers, the second addition is size of padding added by IPSec:
Table 6.18.2.4-1
	Sequence
	Message Name
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	1
	Extended I1 invite (UL)
	30 (+62+8)
	0.8

	2
	RRCConnectionReconfiguration (DL)
	92 (+5)
	0.78

	3
	RRCConnectionReconfigurationComplete (UL)
	2 (+5)
	0.06

	4
	Extended I1 180 Ringing (DL)
	26 (+62+12)
	0.8



The following table shows the estimated message information during mobile terminating procedure, the first addition is size of protocol headers, the second addition is size of padding:
Table 6.18.2.4-2
	Sequence
	Message Name
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	1
	Extended I1 invite (DL)
	46 (+62+8)
	0.93

	2
	RRCConnectionReconfiguration (DL)
	92 (+5)
	0.78

	3
	RRCConnectionReconfigurationComplete (UL)
	2 (+5)
	0.06

	4
	Extended I1 180 Ringing (UL)
	10 (+62+12)
	0.67



NOTE:	The EPS signalling flows is performed simultaneously with the IMS signalling flows towards remote side in MO and MT procedures, which can reduce the call setup time.
[bookmark: _Toc215122959]6.18.3	Impacts on Services, Entities and Interfaces
Editor's note:	Further impact is FFS.
UE:
-	Support extended I1 messages.
-	Support negotiation of using extended I1 during SIP REGISTER procedure.
-	Support sending silence RTP packets when determining the dedicated EPS has been established before session is answered.
AS:
-	Support negotiation of using extended I1 during SIP REGISTER procedure.
-	Support translating between extended I1 messages and SIP messages.
-	Support triggering MRF to transfer silence RTP packets before session is answered.
MRF:
-	Support transfer silence RTP packets to UE based on the trigger from AS.
[bookmark: _Toc215122960]6.19	Solution #19: IMS Signalling optimizations for voice over GEO sessions with P-CSCF as SIP user agent using binary encoded call setup
[bookmark: _Toc215122961]6.19.0	High-level solution Principles
This solution aims to resolve Key Issue #2, "IMS enhancement for GEO NB-IoT NTN access".
The Gm interface between UE and P-CSCF uses the SIP protocol, which is a clear-text protocol. It is proposed that the Gm interface between UE and P-CSCF be enhanced to use a binary encoded format instead of clear text for SIP session management messages. This will reduce the size of the SIP session management messages exchanged between the UE and P-CSCF. Let us call this enhanced interface as Gm*. In addition to using a binary encoded format, it is also proposed to support the following enhancements over the Gm* interface that will further reduce the number of messages exchanged between the UE and P-CSCF for a call setup:
-	UE information for IMS call setup (e.g. supported codecs, contact address etc) is provided to and stored by P-CSCF before call setup i.e. at IMS registration.
-	Instead of using plain SIP (Gm) messages (INVITE, RINGING, 200 OK, etc.) for call-related signalling, the UE and the P-CSCF use the Gm* protocol where only the information that cannot be determined by the P-CSCF is exchanged.
-	Furthermore, the number of messages is dramatically reduced to just one INVITE request from UE to network and thereafter RINGING and 200 OK (INVITE) from network to UE.
-	The P-CSCF plays the role of the SIP user agent, i.e. based on signalling received from UE via Gm* the P-CSCF constructs and sends out SIP messages as per TS 24.229 [16] to the IMS Core and also converts the received SIP messages from the IMS Core into corresponding SIP messages over the Gm* interface towards the UE.
[bookmark: _Toc215122962]6.19.1	Description
GEO satellites have very limited bandwidth on the satellite link (typically 1 kbps) and a very high delay, typically around 1 Sec. For NB-IoT devices to establish a voice call via a GEO satellite, the call setup time can be 30s or even longer. SA1 has specified a requirement of 30s as the maximum (excluding time for the called party to answer).
By moving the SDP negotiation (i.e. offer/answer) from the call setup procedure (i.e. SIP INVITE) to the IMS registration phase, we can reduce the number of messages and message size during the call setup. This will improve the overall call setup time.
Additionally, instead of using the existing clear text-based SIP protocol between the UE and P-CSCF for IMS session management, if we use a binary encoded protocol, the message size will be reduced significantly, thereby also further reducing the call setup time.
Additionally, the IMS services using IP stack for both signalling and media is not efficient for low link budget access. Even if the ROHC can significantly reduce the transport header, a feedback mechanism is required to compress headers consistently and robustly. In a GEO satellite system, due to the distance and propagation delay, the feedback mechanism (between the decompressor and compressor) will cause a delay in packet transfer. A solution without UDP/IP protocol from UE to PGW using a Non-IP PDN connection can overcome these limitations. This will save payload size and ROHC feedback delays for the fixed headers.
[bookmark: _Toc215122963]6.19.2	Procedures
[bookmark: _Toc215122964]6.19.2.1	IMS Registration


Figure 6.19.2.1-1: IMS registration procedure with Gm* interface
Figure 6.19.2.1-1 above shows the UE's IMS registration procedure with SDP negotiation for future IMS Sessions.
1.	UE establishes a PDN connection and receives P-CSCF info via DHCP/PCO, etc.
-	It is assumed that the PDN connection is of type IP over which the UE can exchange IP packets with the network.
-	Based on the access used (e.g. NTN GEO), the PGW can send an address of a specific P-CSCF.
2.	UE initiates SIP REGISTER to a P-CSCF with an indication of its capability to support Gm* interface and includes information required for subsequent IMS call setup (e.g. contact address, SDP parameters like supported codecs etc.)
3.	If no IMS level authentication is enforced, the P-CSCF asks the PCF to get the MSISDN corresponding to the UE IP address and checks if the registered IMPU maps to any of these MSISDNs.
4.	If the UE indicated support for Gm* interface, the P-CSCF stores the information related to call setup provided by the UE. The P-CSCF also stores the service-route received in REGISTER 200 OK from the S-CSCF and replaces it with its own IP address and port before sending REGISTER 200 OK to the UE.
[bookmark: _Toc215122965]6.19.2.2	MO Call Setup


Figure 6.19.2.2-1: MO Call Setup procedure with Gm* interface
-	When requesting for an MO call, the UE sends a Gm* message (to the P-CSCF address and port received at REGISTER 200 OK) with:
-	A message type = INVITE.
-	The R-URI with the dialled number = called party number.
-	The codecs it supports (codec offer) (unless already provided in REGISTER).
-	The port where the UE expects to receive audio media.
-	Optionally the IMPU (IMS user Id of the UE) corresponding to this call.
	This is sent as an IP packet over the signalling data bearer of the IMS PDN connection. The P-CSCF may retrieve the MSISDN corresponding to the UE IP address from the PCF.
-	The P-CSCF transforms the Gm* message into a regular SIP signalling message that it sends further towards the IMS Core via Mw interface. The P-CSCF:
-	adds the MSISDN received from PCF in the relevant Headers (FROM/ P-Asserted-Id) if none was provided by the UE, otherwise checks that the IMPU provided by the UE matches the 3GPP Access Network subscription corresponding to the source IP address and port.
-	creates relevant SIP Headers such as Call Id, CSeq, etc.
-	adds the service Route.
-	creates a SDP based on the information received from UE at registration.
-	IMS signalling is exchanged within (and between) IMS networks.
-	The P-CSCF transforms the regular SIP signalling that it receives from the IMS Core via Mw interface into an answer sent to the UE over Gm* providing the minimum set of information the UE needs such as the IMS AGW address.
[bookmark: _Toc215122966]6.19.2.3	MT Call Setup


Figure 6.19.2.3-1: MT Call setup procedure with Gm* interface
-	When there is an MT call, the P-CSCF transforms SIP signalling received from the IMS Core into Gm* SIP INVITE message as described below and sends it to the registered UE IP address and port received at REGISTER:
-	A message type = INVITE.
-	The calling party number.
-	The offered codecs.
-	The IP address and port where the network expects to receive audio media.
	This is sent as an IP packet over the signalling data bearer of the IMS PDN connection using a proper DSCP (to support paging policy differentiation). The P-CSCF may store the information received from the IMS Core such as Call Id, CSeq, Route, etc to use this information upon the UE answer.
-	The UE answers to the INVITE and sends a Gm* message with:
-	A message type = 200 OK.
-	The codecs it accepts (codec answer).
-	The port where the UE expects to receive audio media.
-	The P-CSCF transforms the Gm* message into a regular SIP signalling that it sends further towards the IMS Core via Mw interface; and:
-	adds a Call Id, a CSeq.
-	adds the Route.
-	creates a SDP based on the information received from the UE over Gm* interface.
[bookmark: _Toc215122967]6.19.2.4	Usage of Non-IP PDN
The IMS services using IP stack for both signalling and media is not efficient for low link budget access. Even if the ROHC can significantly reduce the transport header, a feedback mechanism is required to compress headers consistently and robustly. In a GEO satellite system, due to the distance and propagation delay, the feedback mechanism (between the decompressor and compressor) will cause a delay in packet transfer. The solution and procedure proposed in clauses 6.19.2.1, 6.19.2.2 and 6.19.2.3 will also work without UDP/IP protocol from UE to PGW using a Non-IP type PDN connection. This will save payload size and ROHC feedback delays for fixed header type. The IMS signalling optimisations and related procedures in clauses 6.19.2.1, 6.19.2.2 and 6.19.2.3 can be applied through a Non-IP PDN from the UE with the following differences:
Registration:
-	The UE initiates a PDN connection [APN=IMS; PDN type = non-IP; PCO = non-IP support for IMS] for IMS signalling.
-	The PGW accepts the Non-IP PDN connection and provides the IP address to be used for IMS registration (e.g. to be used as contact header) via PCO to the UE. Optionally the PGW may also provide an UDP port for sip signalling.
-	UE sends the IMS registration request with contact header containing the allocated IP address and port (if provided) without adding any UDP/IP header.
-	PGW adds the UDP/IP header with source address containing the IP address allocated to the UE and destination address set to P-CSCF IP address.
-	When the response comes from P-CSCF (200 OK), the PGW removes the UDP/IP header and sends only the SIP message block to UE.
Call Setup:
-	During an MT call, the P-CSCF asks for dedicated bearer creation towards PGW/IP-CAN session via PCRF.
-	The PGW issues a dedicated bearer set up request (for Non-IP PDN type to UE with an indication for port allocation in PCO;
-	P-CSCF sends the SIP INVITE (SDP) to UE. The PGW removes the UDP/IP header before forwarding the SIP INVITE.
-	The UE allocates a local UDP port, retrieves the remote port for media from the INVITE and sends back the information in PCO to PGW in bearer setup response.
-	The PGW stores the IP and UDP port information for exchanging RTP media packets with IMS-AGW.
-	When the UE sends any media (RTP), it shall not include any UDP/IP header. The PGW will add the UDP/IP (i.e. UDP Src=UE allocated port, UDP Dst= IMS-AGW port) before forwarding to IMS-AGW
-	Similarly, when the DL RTP media is received from IMS-AGW, the PGW removes the UDP/IP header and sends the RTP payload to UE over the corresponding dedicated EPS bearer.
Editor's note:	It is FFS on how to deal with transport security between UE and P-CSCF in non-IP based PDN.
[bookmark: _Toc215122968]6.19.2.4	Performance Gains of Gm* interface
The estimated packet length savings in Gm* messaging in comparison to Gm interface messaging via SIP.
Table 6.19.2.4-1: Overhead and delay of MT Call setup procedure via Gm interface and Gm* interface
	Message
	Packet Length (bytes) via Gm interface
	Delay (sec) via Gm interface
	Packet Length (bytes) via Gm* interface
	Delay (sec) via Gm* interface
	Comments

	INVITE
	2616
	20.93
	67
	0.54
	Assuming the  “Via”, “Route” and “contact” headers are not considered. Also, 1 SDP element (codec) is considered in the SDP body.

	100 Trying
	497
	3.98
	61
	0.49
	Assuming the “Via” header is not considered 

	180 Ringing
	1757
	14.06
	67
	0.54
	Assuming the  “Via”, “Route” and “contact” headers are not considered. Also, 1 SDP element (codec) is considered in the SDP body.

	PRACK
	1106
	8.85
	64
	0.51
	Assuming the  “Via” header is not considered 

	200 OK
	778
	6.22
	61
	0.49
	Assuming the “Via” and “contact” header are not considered.

	UPDATE
	1981
	15.85
	61
	0.49
	Assuming the “Via” and “contact” header are not considered.

	200 OK (UPDATE)
	1546
	12.37
	61
	0.49
	We assume that “Via” and “contact” header are not considered.

	183 Session Progress
	1035
	8.28
	61
	0.49
	We assume that “Via”, “Route” and “contact” header are not considered. Also, 1 SDP element (codec) is considered in the SDP body.

	SUM
	11316
	90.53
	503
	4.02
	

	NOTE 1:	The size of the message will increase when the number of Via headers, Router headers, or any other informative headers is included in the call setup.
NOTE 2:	The above message size calculation for Gm* is based on 3 Bytes for "To", 3 Bytes for "From", 2 Bytes for "Call ID", 1 Byte for "Cseq", 6 Bytes for "Message Body = SDP".
NOTE 3:	The above calculation is a rough estimate based on assumptions taken in NOTE 3, the actual message size will be based on the encoding mechanism to be decided by stage 3.



[bookmark: _Toc215122969]6.19.3	Impacts on Services, Entities and Interfaces
UE:
-	UE to indicate Gm* interface support for SIP session management during SIR REGISTER.
-	UE includes information required for IMS call setup (e.g. contact address, SDP parameters like supported codecs etc.) in SIP REGISTER.
-	UE to support SIP session management using Gm* interface.
-	UE establishes a non-IP PDN connection for IMS services.
P-CSCF:
-	Support receiving from the UE an indication for Gm* support and information required for IMS call setup (e.g. contact address, SDP parameters like supported codecs etc.) in SIP REGISTER.
-	Convert Gm* SIP messages received from UE to SIP message compliant to TS 24.229 [16] before sending to the S-CSCF. If UEs SDP is pre-configured, the P-CSCF shall include the information in the SIP message.
-	Convert SIP messages received from S-CSCF to Gm* SIP message before sending to the UE. Not all SIP messages are sent to the UE. For some SIP messages (e.g. TRYING, PRACK etc) are handled by the user agent at the P-CSCF and not forwarded to the UE over Gm*.
P-GW:
-	Upon the reception of a non-IP PDN connection request, P-GW performs the establishment of a non-IP PDN and provides an IP address to the UE that can be used for the signalling with the IMS.
-	adds the UDP/IP header in the packets received from the UE when their destination is the P-CSCF (i.e. for IMS control signalling) or the IMS-AGW (for IMS voice traffic) and forwards the packets to the target destination.
-	removes the UDP/IP header from the packets received from the P-CSCF (i.e. for IMS control signalling) or the IMS-AGW (for IMS voice traffic) that should be transmitted to the UE via the non-IP PDN and forwards the data packets to the target UE.
[bookmark: _Toc215122970][bookmark: _Toc146539440][bookmark: _Toc500949101]6.20	Solution #20: Signalling Optimization via IWK in P-CSCF
[bookmark: _Toc215122971]6.20.0	High-level solution Principles
This solution addresses KI#2 to support IMS voice call over NB-IoT via GEO connecting to EPC.
The following principles are applied to this solution:
-	Binary encoding of SIP over UNI using the framework defined, e.g. in TS 24.294 [14] for I1 encoding. The UNI reference point is labelled GEO Gm for the purpose of this solution.
NOTE:	The solution uses the I1-like protocol.
-	No restrictions are applied in this solution on UNI signalling in terms of what the UE negotiates, e.g. pre-conditions, 100rel, etc.
-	Only necessary information elements are included in the UNI to enable interoperability and support originating/terminating UE negotiated needs.
-	In summary, the UE and P-CSCF support for interworking purpose a UE proxy functionality during IMS call-related procedures(i.e. it is not applied to IMS registration procedure), as depicted in Figure 6.20.1-1, that performs the following:
-	Translation from binary encoded SIP to text-based SIP encoding and vice versa.
-	Maintaining an association between the incoming and outgoing sessions in the P-CSCF to ensure compliance to GEO Gm and Mw reference points for interworking purposes. Separate session Identifiers are used for the incoming and outgoing sessions.
-	Storing and managing needed information elements and updating stored values where applicable, to ensure compliance to the GEO Gm and Mw reference points. -	The UE proxy functionality does not hold session state machine and does not interfere with the state machine implemented in the P-CSCF.
 -	IMS Registration over the GEO Gm reference point is performed as is today, i.e. it complies to TS 24.229 [16]. No binary encoding is performed. Hence the P-CSCF supports Gm for the purpose of IMS Registration for GEO satellite access. P-CSCF can dedicate a UDP port for GEO satellite access supporting Gm for IMS Registration and GEO Gm for IMS Call-related procedures which can be notified to UE e.g. via PCO.
Editor's note:	The use of two different ports for handling Gm and GEO Gm is FFS.
Editor's note:	How to distinguish the messages via between Gm and GEO Gm is FFS.
-	This solution does not require any update to the remote end for interworking. Additionally, the solution assumes dedicated bearer for IMS voice.
Additional Assumptions:
-	The identity used for initiating an IMS session is the default IMPU.
-	P-CSCF removes the SIP headers/ SIP Header fields, which do not need to be sent to the UE. The P-CSCF stores the removed information should this be needed for the Mw interactions with the IMS Core.
-	The P-CSCF does not perform additional security checks in relation to IPSec during IMS session initiation or termination procedure.
Editor's note:	This assumption needs to be confirmed by SA WG3.
-	UE Location formatted according to 24.229 [16] PANI encoding is not required. Only the Cell ID is sent, when needed, using the TS 23.003 [22] ECGI encoding.
-	P-Asserted-Id coding is supported over the UNI towards the UE when needed.
-	P-CSCF does not need to send to terminating UEs Information elements whose values have not changed. Similarly, UE does not need to transmit to the P-CSCF IEs whose values have not changed. This is however not reflected in the tables below.
-	SDP negotiation is replaced by pre-configuration where pre-configuration is possible (e.g. codec to be used). For cases where negotiation is required such as UE preference (e.g. 100rel) an IE conveying the preference is used between P-CSCF and UE.
-	Support for privacy header (OIR) can be included with no impact on call session setup time.
-	AGW not impacted by binary encoding of SIP.
[bookmark: _Toc215122972]6.20.1	Description
The Figure below depicts the functional architecture for this solution. In this architecture; GEO Gm is the new reference point for the UNI for binary encoding of SIP using the TS 24.294 [14] framework.
GEO P-CSCF is the P-CSCF that performs the necessary interworking between the GEO Gm and Mw, based on the high-level principles depicted above and detailed below. As depicted in the figure, the UE Proxy functionality is strictly restricted to signalling interworking between binary-encoded SIP and text-based SIP, with no SIP state machine.


Figure 6.10.1-1: Architecture to Support GEO IMS audio sessions and Messaging
In this architecture, SIP Registration is proposed to be used as is today, according to TS 24.229 [16], i.e. SIP Registration is text-based, where Gm interface exists also but not shown in the figure.
The solution supports the two alternatives for transporting IMS voice over the dedicated bearer within an IMS IP PDN connection: as non-IP (NIDD) traffic, or as IP traffic. The difference being the SIP message sizes in both cases and well as the interaction between the P-CSCF and PCC/PCRF during dedicated bearer setup.
The Geo GM interface messages are based on modified binary-encoded I1 interface messages. The comparison and modification are illustrated below.
The initial structure has a minimum length of 7 octets. The size of any GEO Gm message varies based on the necessary information elements needed to support the specific aspects being negotiated within an IMS session.

	8
	7
	6
	5
	4
	3
	2
	1
	Octet

	Protocol version number
	Protocol identifier
	1

	Message type
	R
	Reason
	2

	Reason
	3

	Call-Identifier (Part-1)
	4

	Call-Identifier (Part-2)
	5

	Call-Identifier (Part-2)
	6

	Sequence-ID
	7

	
Information element #1

	

	
Information element #2
	



Figure 6.20.1-1: I1 message structure
To ensure compliance to TS 24.229 [16] the protocol over I1 reference point has been extended with:
-	new protocol Messages: ACK, PRACK and UPDATE.
-	additional IEs depicted in yellow in the table below.
The use and processing of these elements and others is described in the procedure clause and referenced tables therein. Additionally, some of the elements currently supported in I1 framework, indicated in green, are not required in this solution as indicated in the two tables below.
Table 6.20.1-1 below is intended to be used for the case of NIDD for IMS voice.
NOTE:	User plane and bearer types including content is handled in other solutions and may impact some of the IEs in the tables below.
Table 6.20.1-1: SIP proposed headers in case of NIDD of IMS Voice
	
	
	Information element
	Presence
	Format
	Length
	Comments

	
	
	Protocol Information
	M
	V
	1
	

	
	
	Message Type
	M
	V
	2
	

	E
	
	Call ID
	M
	V
	3
	

	XI
	
	Message Sequence Number
	M
	V
	1
	

	S
	
	Timestamp
	O
	TLV
	1
	

	TI
	
	To-id
	O
	TLV
	3-X
	If e.164 numbers are used the size is 2+7 (for 13 digits)

	NG
	
	From-id
	O
	TLV
	2-X
	If the main IMPU is used the size is only 2 octets

	
	
	Accept Contact
	O
	TLV
	5
	not needed for GEO

	
	
	ERAccept Contact
	O
	TLV
	3-X
	not needed for GEO

	
	
	Reject Contact
	O
	TLV
	5
	not needed for GEO

	
	
	P-asserted-Id
	O
	TLV
	3-X
	Same encoding as for To / From with new IEC

	
	
	Cell ID
	O
	TLV
	2+8
	Using TS 23.003 [22] ECGI encoding. No access-type is needed since P-CSCF already knows from Register the UE is in GEO access

	N
	
	Supported 
	O
	TLV 
	2+1
	each bit has a predefined value

	E
	
	Required
	O
	TLV 
	2+1
	each bit has a predefined value

	W
	
	Precondition & Codec Negotiation
	O
	TLV 
	2+2
	One octet for Codec profile and one octet for precondition negotiation aligned with SDP. Each bit has a predefined value in both octets.

	
	
	Rsq/Rack
	O
	TLV 
	2+1
	Rseq and Rack cannot be in the same message.



Table 6.20.1-2 below is intended to be used for the case of IP transport for IMS voice.
Table 6.20.1-2: SIP proposed headers in case of IP of IMS Voice
	
	Information element
	Presence
	Format
	Length
	Comments

	
	Protocol Information
	M
	V
	1
	

	
	Message Type
	M
	V
	2
	

	
	Call ID
	M
	V
	3
	

	
	Message Sequence Number
	M
	V
	1
	

	
	Timestamp
	O
	TLV
	1
	

	
	To-id
	O
	TLV
	3-X
	If e.164 numbers are used the size is 2+7 (for 13 digits)

	
	From-id
	O
	TLV
	2-X
	If the main IMPU is used the size is only 2 octets

	
	Accept Contact
	O
	TLV
	5
	not needed for GEO

	
	ERAccept Contact
	O
	TLV
	3-X
	not needed for GEO

	
	Reject Contact
	O
	TLV
	5
	not needed for GEO

	
	P-asserted-Id
	O
	TLV
	3-X
	Same encoding as for To / From with new IEC

	
	Cell ID
	O
	TLV
	2+8
	Using TS 23.003 [22] ECGI encoding. No access-type is needed since P-CSCF already knows from Register the UE is in GEO access

	
	Supported 
	O
	TLV 
	2+1
	each bit has a predefined value

	
	Required
	O
	TLV 
	2+1
	each bit has a predefined value

	
	Precondition & Codec Negotiation
	O
	TLV 
	2+2
	One octet for Codec profile and one octet for precondition negotiation aligned with SDP. Each bit has a predefined value in both octets.

	
	Rsq/Rack
	O
	TLV 
	2+1
	Rseq and Rack cannot be in the same message.

	
	AGW-MediaIPAddress
	O
	TLV 
	2+20/40
	IPv4 /IPV6 Address

	
	AGW-MediaPort
	O
	TLV 
	2+2
	Port

	
	UE MediaPort
	O
	TLV 
	2+2
	Port



[bookmark: _Toc146539441][bookmark: _Toc215122973]6.20.2	Procedures
[bookmark: _Toc215122974]6.20.2.1	IMS Session Initiation with preconditions and 100rel
The call flow depicts an example for session establishment using preconditions and reliable provisional response for 183.
The tables referenced in the call flow steps assume a NIDD for IMS voice.
It is also assumed that the UE obtains a P-CSCF address information supporting GEO-Gm interface during the IMS PDN connection establishment procedure.


Figure 6.20.2.1-1: Originating IMS Session
The following is a brief description in the call flow:
-	In step 1 the UE registers as per existing procedures in TS 24.229 [16]. The P-CSCF stores the contact information without the feature tags, Cell-ID information, Allow and the registered identity information. Or the UE can decide to register using new Geo GM message-based registration.
NOTE 1:	The UE using existing text-based SIP registration or Geo GM based SIP registration can be based on UE's knowledge of serving PLMN supporting voice services over GEO NTN access.
-	In step 2, a UE is in IDLE mode performs the Service Request Procedure to get connected and subsequently initiates an IMS session.
-	In step 3, the P-CSCF receives a GEO Gm INVITE that includes the information in Table 6.20.2.1-1 per the column entitled "IE included in Geo Gm" under the INVITE UL banner. The P-CSCF stores the received call ID, Cseq, To-id, Cell-ID, Supported, Require and precondition & codec negotiation information for later use.
-	In step 4, the P-CSCF answers with a GEO Gm progress (Reason 100) message to the UE that includes the call ID and appropriate Cseq. No other information is required in this message.
-	In step 5 the P-CSCF reserves the necessary resources in the AGW using existing procedures in TS 23.228 [6]
-	In step 6, P-CSCF generates a SIP INVITE towards the S-CSCF and populate the needed SIP headers to comply to Mw as depicted in Table 6.20.2.1-1 per the column entitled "P-CSCF processing towards the next hop (Mw) under the "INVITE (UL)" banner. For interworking purposes, P-CSCF holds an association between the incoming and outgoing session with the appropriate IE stored for each session.
-	In step 7, P-CSCF receives a 183 Session Progress from the remote end, including the SDP Answer.
-	In step 8, P-CSCF initiates the dedicated bearer establishment using existing procedures. The detail of the procedure varies depending on how IMS Voice is transported over the dedicated bearer:
-	If IMS voice transport as IP traffic is negotiated, then current behaviour does not change.
-	If NIDD for IMS voice is negotiated, then the P-CSCF includes the address of the AGW for forwarding the traffic. This IP address and port will be added by the PGW for UL traffic and removed for DL traffic. The PGW maintains a binding between the UE and the AGW IP address allocated by the AGW for the duration of the session.
NOTE 2:	Other solutions will provide details for this step.
-	In step 9, P-CSCF sends a GEO Gm progress message to the UE that includes the IEs per the column entitled "IE included in Geo Gm" under the "183 with SDP (DL)" banner in Table 6.20.2.1-1. The P-CSCF handling of SIP headers received in the 183 SDP Session Progress from the remote end and the formulation of elements in the GEO GM progress message is depicted in the column entitled "P-CSCF processing towards the next hop (UE)" under the "183 with SDP" (DL) banner.
-	In step 10, the P-CSCF receives a GEO Gm PRACK that includes the information in Table 6.20.2.1-2 per the column entitled "IE included in Geo Gm" under the "PRACK UL" banner.
-	In step 11 P-CSCF generates a SIP PRACK towards the S-CSCF and populate the needed SIP headers to comply to Mw as depicted in Table 6.20.2.1-2 per the column entitled "P-CSCF processing towards the next hop (Mw)" under the "PRACK (UL)" banner.
-	In step 12, P-CSCF receives a SIP 200 OK acknowledging the SIP PRACK.
-	In step 13, P-CSCF sends a GEO Gm success message to the UE that includes the IEs per the column entitled "IE included in Geo Gm" under the "200 OK PRACK (DL)" banner in Table 6.20.2.1-2. The P-CSCF handling of SIP headers received in the 200 OK from the remote end and the formulation of elements in the GEO GM success message is depicted in the column entitled "P-CSCF processing towards the next hop (UE)" under the "200 OK PRACK (DL)" banner.
-	In step 14, the P-CSCF receives a GEO Gm UPDATE to indicate that precondition is fulfilled at the UE and that includes the information in Table 6.20.2.1-3 per the column entitled "IE included in Geo Gm" under the "UPDATE UL" banner.
-	In step 15 P-CSCF generates a SIP UPDATE towards the S-CSCF and populate the needed SIP headers to comply to Mw as depicted in Table 6.20.2.1-3 per the column entitled "P-CSCF processing towards the next hop (Mw)" under the "UPDATE (UL)" banner.
-	In step 16, P-CSCF receives a SIP 200 OK acknowledging the SIP UPDATE.
-	In step 17, P-CSCF sends a GEO Gm success message to the UE that includes the IEs per the column entitled "IE included in Geo Gm" under the "200 OK UPDATE (DL)" banner in Table 6.20.2.1-3. The P-CSCF handling of SIP headers received in the 200 OK from the remote end and the formulation of elements in the GEO GM success message is depicted in the column entitled "P-CSCF processing towards the next hop (UE)" under the "200 OK UPDATE (DL)" banner.
-	In step 18, P-CSCF receives a 180 Ringing from the remote end.
-	In step 19, P-CSCF sends a GEO Gm progress message to the UE that includes the IEs per the column entitled "IE included in Geo Gm" under the "180 Ringing (DL)" banner in Table 6.20.2.1-4. The P-CSCF handling of SIP headers received in the 180 ringing from the remote end and the formulation of elements in the GEO GM success message is depicted in the column entitled "P-CSCF processing towards the next hop (UE)" under the "180 Ringing (DL)" banner in depicted in Table 6.20.2.1-4.
-	In step 20, P-CSCF receives a SIP 200 OK final response.
-	In step 21, P-CSCF opens the gate for traffic to start flowing in both directions
-	In step 22, P-CSCF sends a GEO Gm success message to the UE that includes the IEs per the column entitled "IE included in Geo Gm" under the "200 OK (DL)" banner. The P-CSCF handling of SIP headers received in the 200 OK from the remote end and the formulation of elements in the GEO GM success message is depicted in the column entitled "P-CSCF processing towards the next hop (UE)" under the "200 OK (DL)" banner as depicted in Table 6.20.2.1-4.
NOTE 3:	In the tables below P-CSCF is assumed to be GEO P-CSCF.
Table 6.20.2.1-1: Originating INVITE/100/183 Signalling Information
	I83 with SDP
	PRACK
	200 OK PRACK
	UPDATE
	200 OK UPDATE

	Used in IR.92
	Needed for GEO?
	Comments
	Used in IR.92
	Needed for GEO?
	Used in IR.92
	Needed for GEO?
	Used in IR.92
	Needed for GEO?
	Used in IR.92
	Needed for GEO?

	
	
	
	Yes
	
	
	
	Yes
	
	
	

	yes
	
	stored by P-CSCF TH
	Yes
	
	Yes
	Yes
	Yes
	
	Yes
	

	
	
	
	Yes
	
	
	
	Yes
	
	
	

	Yes
	
	
	
	
	
	
	
	
	
	

	Yes
	
	
	
	
	
	
	Yes
	No
	Yes
	

	Yes
	No
	
	Yes
	No
	Yes
	No
	Yes
	No
	Yes
	No

	Yes
	No
	
	Yes
	No
	Yes
	No
	Yes
	No
	Yes
	No

	Yes
	Yes
	
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes

	Yes
	Yes
	
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes

	
	No
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	Yes
	No
	Yes
	No
	Yes
	No

	Yes
	Yes
	
	Yes
	No
	Yes
	Yes
	
	
	Yes
	Yes

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	Yes
	Yes
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	Yes
	No
	
	
	Yes
	No
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	Yes
	No
	
	
	Yes
	No
	
	

	 
	
	
	Yes
	No
	
	
	Yes
	No
	
	

	Yes
	Yes
	
	Yes
	No
	
	Yes
	Yes
	Yes
	Yes
	Yes

	 
	
	
	Yes
	No
	
	
	Yes
	No
	
	

	 
	
	
	
	
	
	
	
	
	
	

	Yes
	No
	
	
	
	
	
	Yes
	No
	Yes
	

	Yes
	No
	
	Yes
	No
	Yes
	No
	Yes
	No
	Yes
	

	 
	
	
	
	
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	Yes
	No
	
	
	
	Yes
	No
	
	
	Yes
	

	Yes
	No
	
	Yes
	No
	
	
	
	
	
	

	 
	
	
	
	
	
	
	
	
	
	

	Yes
	No
	
	Yes
	
	Yes
	No
	Yes
	No
	Yes
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Table 6.20.2.1-2: PRACK/200 OK Signalling Information
	
	INVITE (UL)
	I83 with SDP (DL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (Mw)
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (UE)

	Request URI
	No
	Yes
	
	
	P-CSCF can use the To value (RFC 3261)
	
	
	
	

	Via
	No
	Yes
	
	
	Generates new one towards Mw
	Yes
	
	
	Removed

	Route
	No
	Yes
	
	
	Uses what is stored by P-CSCF at Registration
	
	
	
	

	Record Route
	
	
	
	
	
	Yes
	
	
	Stored for later use, removed towards UE.

	Contact
	No
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	Stored for later use.

	To
	To-id (Note 1)
	Yes
	9
	Yes
	Stored and used 
	Yes
	
	
	Removed

	From
	From-id (Note 1)
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	Removed

	Call-ID
	Call ID (Note 1)
	Yes
	3
	Yes
	P-CSCF Generates new one and associate it to the stored incoming call-id
	Yes
	3
	Yes
	P-CSCF uses what was stored

	Cseq
	Sequence-ID (Note 1)
	Yes
	1
	Yes
	Generates new one towards MW. Incoming value is stored.
	Yes
	1
	Yes
	P-CSCF creates what is needed based on stored value

	Rseq/Rack
	
	
	
	
	
	Yes
	3
	Yes
	Use what is received

	Accept
	No
	Yes
	
	
	uses what was received at Registration to generate new one
	
	
	
	

	Allow
	No
	Yes
	
	
	Pre-provisoined or copued during Registration and used
	
	
	
	Store and removed.

	Supported
	No
	Yes
	3
	Yes
	Stored and used
	Yes
	3
	Yes
	Use what is received

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	Yes
	
	
	preprovisoned with audio
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	Yes
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	
	
	
	Yes
	9
	Yes
	Stored and used

	P-Preferred-Service
	No
	Yes
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	10
	Only Cell-ID is sent
	Stored and used to generate PANI towards Mw
	
	
	
	

	P-Early-Media
	
	Yes
	
	
	
	
	
	
	

	Privacy
	No
	
	
	
	
	
	
	
	

	Session-expires
	No
	Yes
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	
	
	
	Yes
	3
	Yes
	Use what is received

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	

	Recv-Info
	
	
	
	
	
	Yes
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	
	
	
	
	Yes
	
	
	Removed, but may be stored for later use

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation 
	SDP  Negotiation
	
	4
	Yes
	Stored and Used
	
	4
	Yes
	Stored and used

	
	
	Length
	33
	
	
	
	29
	
	



Table 6.20.2.1-3: UPDATE/200 OK Signalling Information
	
	INVITE (UL)
	I83 with SDP (DL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (Mw)
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (UE)

	Request URI
	No
	Yes
	
	
	Inserted by P-CSCF
	
	
	
	Removed by P-CSCF

	Via
	No
	Yes
	
	
	Inserted by P-CSCF
	Yes
	
	
	Removed by P-CSCF

	Route
	No
	Yes
	
	
	Inserted by P-CSCF
	
	
	
	Removed by P-CSCF

	Record Route
	
	
	
	
	
	
	
	
	

	Contact
	No
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	

	To
	To-id
	Yes
	
	
	P-CSCF uses what was stored .
	Yes
	
	
	

	From
	From-id
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	

	Call-ID
	Call ID
	Yes
	3
	Yes
	Use the corresponding one stored in P-CSCF for UL
	Yes
	3
	Yes
	Use the correspoding one stored in P-CSCF

	Cseq
	Sequence-ID
	Yes
	1
	Yes
	Use the proper value for UL
	Yes
	1
	Yes
	Use the correspoding one stored in P-CSCF

	RseqRack
	
	
	
	
	
	
	
	
	

	Accept
	No
	
	
	
	
	
	
	
	

	Allow
	No
	Yes
	
	
	
	Yes
	
	
	

	Supported
	No
	
	3
	Yes
	Update what is stored and use 
	Yes
	3
	Yes
	Update what is stored and use 

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	
	
	
	
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	
	
	
	
	
	
	
	

	P-Preferred-Service
	No
	
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	10
	Cell ID  (if it changes)
	Update stored value and use
	
	
	
	

	P-Early-Media
	
	
	
	
	
	
	
	
	

	Privacy
	Privacy
	
	
	
	
	
	
	
	

	Session-expires
	No
	
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	3
	Yes
	Update stored value and use
	Yes
	3
	Yes
	Update what is stored and use 

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	Remove

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	Remove

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	Remove

	Recv-Info
	
	
	
	
	
	
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	Yes
	
	
	
	Yes
	
	
	Remove

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	Precondition & Codec Negotiation
	SDP Preconditio/Codec Negotiation
	In SDP
	4
	Yes
	Stored and Used
	In SDP
	4
	Yes
	Update what is stored and use

	
	
	Total
	27
	
	
	
	17
	
	



Table 6.20.2.1-4: 180/200 OK Signalling Information
	
	180 Ringing (DL)
	Y
	200 OK (DL)
	Y

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (UE)
	Yes
	Message Length
	Yes
	P-CSCF processing towards the next hop (UE)

	Request URI
	No
	
	
	
	
	
	
	
	

	Via
	No
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Route
	No
	
	
	
	
	
	
	
	

	Record Route
	
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Contact
	No
	Yes
	
	
	Stored and removed
	Yes
	
	
	Stored and removed

	To
	To-id
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	From
	From-id
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Call-ID
	Call ID
	Yes
	3
	Yes
	P-CSCF uses what was stored for DL
	Yes
	3
	Yes
	P-CSCF uses what was stored for DL

	Cseq
	Sequence-ID
	Yes
	1
	Yes
	P-CSCF uses what was stored for DL
	Yes
	1
	Yes
	P-CSCF uses what was stored for DL

	RseqRack
	
	
	
	
	
	
	
	
	

	Accept
	No
	
	
	
	
	Yes
	
	
	Removed

	Allow
	No
	Yes
	
	
	Removed
	Yes
	
	
	Update stored value and use 

	Supported
	No
	Yes
	3
	Yes
	Update stored value and use 
	Yes
	3
	Yes
	Update stored value and use 

	User-Agent
	No
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	
	
	Removed
	Yes
	9
	Yes
	Update stored value and use 

	P-Preferred-Service
	No
	
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	
	
	
	
	
	
	
	

	P-Early-Media
	
	
	
	
	
	
	
	
	

	Privacy
	Privacy
	
	
	
	
	
	
	
	

	Session-expires
	No
	
	
	
	
	Yes
	
	
	Removed

	Max-Forwards
	No
	
	
	
	
	
	
	
	

	Proxy-Require
	No
	
	
	
	
	
	
	
	

	Require
	No
	
	3
	Yes
	Update stored value and use 
	Yes
	3
	Yes
	Update stored value and use 

	Security Verify
	No
	
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	
	
	
	
	
	
	
	

	Content-Length
	No
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Recv-Info
	
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Feature-Caps
	
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Session-ID
	
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	Precondition & Codec Negotiation
	SDP Precondition/Codec Negotiation
	In SDP
	
	
	
	In SDP
	4
	Yes
	Stored

	
	
	Total
	13
	
	
	
	26
	
	



[bookmark: _Toc215122975]6.20.2.2	Terminating IMS Session with preconditions and 100rel
The same Figure 6.20.2.1-1 applies in this case as well. However, the focus will be on the terminating UE.
For the terminating call case the same principles described for originating call apply, however with focus on the terminating call leg and UE.
The next 4 tables depict the treatment by the P-CSCF.
Table 6.20.2.2-1: Terminating INVITE/100/183 Signalling Information
	
	INVITE (DL)
	I83 with SDP (UL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (UE)
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (Mw)

	Request URI
	No
	Yes
	
	
	
	
	
	
	

	Via
	No
	Yes
	
	
	
	Yes
	
	
	P-CSCF creates its own

	Route
	No
	Yes
	
	
	
	
	
	
	

	Record Route
	
	
	
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	Contact
	No
	Yes
	
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	To
	To-id (NOTE 1)
	Yes
	
	
	
	Yes
	
	
	P-CSCF uses what is stored

	From
	From-id (NOTE 1)
	Yes
	9
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	Call-ID
	Call ID (NOTE 1)
	Yes
	3
	Yes
	P-CSCF creates a new one and bind it to the stored incoming value.
	Yes
	3
	Yes
	P-CSCF uses what was stored for the UL

	Cseq
	Sequence-ID (NOTE 1)
	Yes
	1
	Yes
	P-CSCF creates a new one and store the incoming value for use in DL.
	Yes
	1
	Yes
	P-CSCF uses what was stored for the UL

	Rseq/Rack
	
	
	
	
	
	Yes
	3
	Yes
	Stored and used

	Accept
	No
	Yes
	
	
	
	
	
	
	

	Allow
	No
	Yes
	
	
	Stored and may be used
	
	
	
	Pre-configured

	Supported
	No
	Yes
	3
	Yes
	Stored and used
	Yes
	3
	Yes
	Use what is received

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	Yes
	
	
	
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	Yes
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	9
	Yes
	Stored and used
	Yes
	10
	Yes
	Only cell ID is sent over UNI

	P-Preferred-Service
	No
	Yes
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	
	
	
	
	
	
	

	P-Early-Media
	
	Yes
	
	
	
	
	
	
	

	Privacy
	No
	
	
	
	
	
	
	
	

	Session-expires
	No
	Yes
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	
	
	
	Yes
	3
	Yes
	Use what is received

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	

	Recv-Info
	
	
	
	
	
	Yes
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	
	
	
	
	Yes
	
	
	

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP  Negotiation
	
	4
	Yes
	Stored and Used
	
	4
	Yes
	Stored and used

	
	
	Length
	32
	
	
	
	30
	
	



Table 6.20.2.2-2: PRACK/200 OK Signalling Information
	
	PRACK (DL)
	200 OK PRACK (UL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (UE)
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (Mw)

	Request URI
	No
	Yes
	
	
	Removed
	
	
	
	

	Via
	No
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Route
	No
	Yes
	
	
	
	
	
	
	

	Record Route
	
	
	
	
	
	
	
	
	

	Contact
	No
	
	
	
	
	
	
	
	

	To
	To-id
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	From
	From-id
	Yes
	
	
	Removed
	Yes
	
	
	Removed

	Call-ID
	Call ID
	Yes
	3
	Yes
	P-CSCF uses what was stored for DL
	Yes
	3
	Yes
	P-CSCF uses what was stored for UL

	Cseq
	Sequence-ID
	Yes
	1
	Yes
	P-CSCF uses what was stored for DL
	Yes
	1
	Yes
	P-CSCF uses what was stored for UL

	Rseq/Rack
	No
	Yes
	3
	Yes
	Copied and Used
	
	
	
	

	Accept
	No
	
	
	
	
	
	
	
	

	Allow
	No
	
	
	
	
	Yes
	
	
	P-CSCF uses what is stored

	Supported
	No
	Yes
	
	
	
	Yes
	
	
	P-CSCF uses what is stored

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	No
	
	
	
	
	
	
	
	

	Reject-Contact
	No
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	
	
	
	
	
	
	
	

	P-Preferred-Service
	No
	
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	
	
	
	
	
	
	

	P-Early-Media
	
	
	
	
	
	
	
	
	

	Privacy
	
	
	
	
	
	
	
	
	

	Session-expires
	No
	
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	
	
	
	
	
	
	

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	
	
	
	
	
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	Removed

	Recv-Info
	
	Yes
	
	
	
	
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	Yes
	
	
	
	Yes
	
	
	Removed

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP  Negotiation
	In SDP
	
	
	
	
	
	
	

	
	
	Length
	10
	
	
	
	7
	
	



Table 6.20.2.2-3: UPDATE/200 OK Signalling Information
	
	UPDATE (DL)
	200 OK UPDATE (UL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (UE)
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (Mw)

	Request URI
	No
	Yes
	
	
	
	
	
	
	

	Via
	No
	Yes
	
	
	Removed
	Yes
	
	
	P-CSCF creates its own

	Route
	No
	Yes
	
	
	
	
	
	
	

	Record Route
	
	
	
	
	
	
	
	
	

	Contact
	No
	Yes
	
	
	Update stored value
	Yes
	
	
	Use the corresponding one stored in P-CSCF

	To
	To-id
	Yes
	
	
	Removed
	Yes
	
	
	Use the corresponding one stored in P-CSCF

	From
	From-id
	Yes
	
	
	Removed
	Yes
	
	
	Use the corresponding one stored in P-CSCF

	Call-ID
	Call ID
	Yes
	3
	Yes
	Use the corresponding one stored in P-CSCF for UL
	Yes
	3
	Yes
	Use the corresponding one stored in P-CSCF for UL

	Cseq
	Sequence-ID
	Yes
	1
	Yes
	Use the corresponding one stored in P-CSCF for UL
	Yes
	1
	Yes
	Use the corresponding one stored in P-CSCF fpr UL

	RseqRack
	
	
	
	
	
	
	
	
	

	Accept
	No
	
	
	
	
	
	
	
	

	Allow
	No
	Yes
	
	
	Update stored value
	Yes
	
	
	

	Supported
	No
	
	3
	Yes
	Update stored value and use
	Yes
	3
	Yes
	Update what is stored and use 

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	
	
	
	
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	
	
	
	
	
	
	
	

	P-Preferred-Service
	No
	
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	
	
	Update stored value
	
	10
	Yes
	Only Cell Id if it changed

	P-Early-Media
	
	
	
	
	
	
	
	
	

	Privacy
	Privacy
	
	
	
	
	
	
	
	

	Session-expires
	No
	
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	3
	Yes
	Update stored value and use
	Yes
	3
	Yes
	Update what is stored and use 

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	

	Recv-Info
	
	
	
	
	
	
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	Yes
	
	
	
	Yes
	
	
	

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP  Negotiation
	In SDP
	4
	Yes
	Stored and Used
	In SDP
	4
	Yes
	Update what is stored and use 

	
	
	Length
	17
	
	
	
	27
	
	



Table 6.20.2.2-4: 180/200 OK Signalling Information
	
	180 Ringing (UL)
	Y
	200 OK UPDATE (UL)
	Y

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE  included in GEO Gm
	P-CSCF processing towards the next hop (Mw)
	Yes
	Message Length
	Yes
	P-CSCF processing towards the next hop (Mw)

	Request URI
	No
	
	
	
	
	
	
	
	

	Via
	No
	Yes
	
	
	P-CSCF inserts its own
	Yes
	
	
	P-CSCF inserts its own

	Route
	No
	
	
	
	
	
	
	
	

	Record Route
	
	Yes
	
	
	P-CSCF uses what is stored
	Yes
	
	
	P-CSCF uses what is stored

	Contact
	No
	Yes
	
	
	P-CSCF uses what is stored
	Yes
	
	
	P-CSCF uses what is stored

	To
	To-id
	Yes
	
	
	P-CSCF uses what is stored
	Yes
	
	
	P-CSCF uses what is stored

	From
	From-id
	Yes
	
	
	P-CSCF uses what is stored
	Yes
	
	
	P-CSCF uses what is stored

	Call-ID
	Call ID
	Yes
	3
	Yes
	P-CSCF uses what is stored for the UL
	Yes
	3
	Yes
	P-CSCF uses what was stored for UL

	Cseq
	Sequence-ID
	Yes
	1
	Yes
	P-CSCF uses what is stored for the UL
	Yes
	1
	Yes
	P-CSCF uses what was stored for UL

	RseqRack
	
	
	
	
	
	
	
	
	

	Accept
	No
	
	
	
	
	Yes
	
	
	

	Allow
	No
	Yes
	
	
	
	Yes
	
	
	

	Supported
	No
	Yes
	
	
	
	Yes
	3
	Yes
	Update stored value and use 

	User-Agent
	No
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	
	
	
	Yes
	
	
	

	P-Preferred-Service
	No
	
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	
	
	
	
	
	
	
	

	P-Early-Media
	
	
	
	
	
	
	
	
	

	Privacy
	Privacy
	
	
	
	
	
	
	
	

	Session-expires
	No
	
	
	
	
	Yes
	
	
	

	Max-Forwards
	No
	
	
	
	
	
	
	
	

	Proxy-Require
	No
	
	
	
	
	
	
	
	

	Require
	No
	
	
	
	
	Yes
	3
	Yes
	Update stored value and use 

	Security Verify
	No
	
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	
	
	
	
	
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	Yes
	
	
	
	Yes
	
	
	

	Recv-Info
	
	Yes
	
	
	
	Yes
	
	
	

	Feature-Caps
	
	Yes
	
	
	
	Yes
	
	
	

	Session-ID
	
	Yes
	
	
	
	Yes
	
	
	

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP  Negotiation
	In SDP
	
	
	
	In SDP
	4
	Yes
	Update stored value and use 

	
	
	Length
	7
	
	
	
	17
	
	



[bookmark: _Toc215122976]6.20.2.3	Support for IP PDN connection for IMS Voice
The impacted messages from using an IP PDN connection for IMS voice in an originating scenario with impact on session setup time is an initial INVITE, a 183-session progress message. The impacts are illustrated in the table 6.20.2.3-1 below.
Table 6.20.2.3-1: Originating INVITE/100/183 Signalling Information - IP PDN connection
	
	UPDATE (UL)
	I83 with SDP (DL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (Mw)
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (UE)

	Request URI
	No
	Yes
	
	
	P-CSCF can use the To value (RFC 3261)
	
	
	
	

	Via
	No
	Yes
	
	
	Generates new one towards Mw
	Yes
	
	
	Removed

	Route
	No
	Yes
	
	
	Uses what is stored by P-CSCF at Registration
	
	
	
	

	Record Route
	
	
	
	
	
	Yes
	
	
	Stored for later use, removed towards UE.

	Contact
	No
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	Stored for later use.

	To
	To-id (NOTE 1)
	Yes
	9
	Yes
	Stored and used 
	Yes
	
	
	Removed

	From
	From-id (NOTE 1)
	Yes
	
	
	P-CSCF uses what was stored during Registration
	Yes
	
	
	Removed

	Call-ID
	Call ID (NOTE 1)
	Yes
	3
	Yes
	P-CSCF Generates new one and associate it to the stored incoming call-id
	Yes
	3
	Yes
	P-CSCF uses what was stored

	Cseq
	Sequence-ID (NOTE 1)
	Yes
	1
	Yes
	Generates new one towards MW. Incoming value is stored.
	Yes
	1
	Yes
	P-CSCF creates what is needed based on stored value

	Rseq/Rack
	
	
	
	
	
	Yes
	3
	Yes
	Use what is received

	Accept
	No
	Yes
	
	
	uses what was received at Registration to generate new one
	
	
	
	

	Allow
	No
	Yes
	
	
	Pre-provisioned or copied during Registration and used
	
	
	
	Store and removed.

	Supported
	No
	Yes
	3
	Yes
	Stored and used
	Yes
	3
	Yes
	Use what is received

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	Yes
	
	
	pre-provisioned with audio
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	Yes
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	
	
	
	Yes
	9
	Yes
	Stored and used

	P-Preferred-Service
	No
	Yes
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	10
	Only Cell-ID is sent
	Stored and used to generate PANI towards Mw
	
	
	
	

	P-Early-Media
	
	Yes
	
	
	
	
	
	
	

	Privacy
	No
	
	
	
	
	
	
	
	

	Session-expires
	No
	Yes
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	
	
	
	Yes
	3
	Yes
	Use what is received

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	

	Recv-Info
	
	
	
	
	
	Yes
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	
	
	
	
	Yes
	
	
	Removed, but may be stored for later use

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP Negotiation
	
	4
	Yes
	Stored and Used
	
	4
	Yes
	Stored and used

	AGW IP media Address
	In SDP
	
	
	
	
	
	44
	Yes
	Stored and Used

	AGW IP port
	In SDP
	
	
	
	
	
	4
	Yes
	Stored and used

	IP port
	IN SDP
	
	4
	Yes
	Stored and used
	
	
	
	

	
	
	Length
	37
	
	
	
	77
	
	



For a terminating scenario, the impacted messages are an incoming INVITE and 183-session progress message from the UE. The impacts are illustrated in the table 6.20.2.3-2 below.
Table 6.20.2.3-2: Terminating INVITE/100/183 Signalling Information - IP PDN connection
	
	INVITE (DL)
	I83 with SDP (UL)

	SIP Headers
	I1 correspondent
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (UE)
	Used in IR.92
	Message Length
	IE included in GEO Gm
	P-CSCF processing towards the next hop (Mw)

	Request URI
	No
	Yes
	
	
	
	
	
	
	

	Via
	No
	Yes
	
	
	
	Yes
	
	
	P-CSCF creates its own

	Route
	No
	Yes
	
	
	
	
	
	
	

	Record Route
	
	
	
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	Contact
	No
	Yes
	
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	To
	To-id (NOTE 1)
	Yes
	
	
	
	Yes
	
	
	P-CSCF uses what is stored

	From
	From-id (NOTE 1)
	Yes
	9
	
	P-CSCF stores the information for use in DL
	Yes
	
	
	P-CSCF uses what is stored

	Call-ID
	Call ID (NOTE 1)
	Yes
	3
	Yes
	P-CSCF creates a new one and bind it to the stored incoming value.
	Yes
	3
	Yes
	P-CSCF uses what was stored for the UL

	Cseq
	Sequence-ID (NOTE 1)
	Yes
	1
	Yes
	P-CSCF creates a new one and store the incoming value for use in DL.
	Yes
	1
	Yes
	P-CSCF uses what was stored for the UL

	Rseq/Rack
	
	
	
	
	
	Yes
	3
	Yes
	Stored and used

	Accept
	No
	Yes
	
	
	
	
	
	
	

	Allow
	No
	Yes
	
	
	Stored and may be used
	
	
	
	Pre-configured

	Supported
	No
	Yes
	3
	Yes
	Stored and used
	Yes
	3
	Yes
	Use what is received

	User-Agent
	No
	
	
	
	
	
	
	
	

	Accept-Contact
	
	Yes
	
	
	
	
	
	
	

	Reject-Contact
	
	
	
	
	
	
	
	
	

	P-Preferred-Identity
	No
	Yes
	
	
	
	
	
	
	

	P-Asserted-Identity
	No
	Yes
	9
	Yes
	Stored and used
	Yes
	10
	Yes
	Only cell ID is sent over UNI

	P-Preferred-Service
	No
	Yes
	
	
	
	
	
	
	

	P-Access-Network-Info
	No
	Yes
	
	
	
	
	
	
	

	P-Early-Media
	
	Yes
	
	
	
	
	
	
	

	Privacy
	No
	
	
	
	
	
	
	
	

	Session-expires
	No
	Yes
	
	
	
	
	
	
	

	Max-Forwards
	No
	Yes
	
	
	
	
	
	
	

	Proxy-Require
	No
	Yes
	
	
	
	
	
	
	

	Require
	No
	Yes
	
	
	
	Yes
	3
	Yes
	Use what is received

	Security Verify
	No
	Yes
	
	
	
	
	
	
	

	Security -Client
	No
	
	
	
	
	
	
	
	

	Content-Type:
	No
	Yes
	
	
	
	Yes
	
	
	

	Content-Length
	No
	Yes
	
	
	
	Yes
	
	
	

	Expires
	No
	
	
	
	
	
	
	
	

	Authorization
	
	
	
	
	
	
	
	
	

	Server
	
	
	
	
	
	Yes
	
	
	

	Recv-Info
	
	
	
	
	
	Yes
	
	
	

	Feature-Caps
	
	
	
	
	
	
	
	
	

	Session-ID
	
	
	
	
	
	Yes
	
	
	

	Path
	
	
	
	
	
	
	
	
	

	Service-Route
	
	
	
	
	
	
	
	
	

	SDP Negotiation
	SDP  Negotiation
	
	4
	Yes
	Stored and Used
	
	4
	Yes
	Stored and used

	AGW IP media Address
	In SDP
	
	44
	yes
	
	
	
	
	

	AGW IP port
	In SDP
	
	4
	Yes
	
	
	
	
	

	IP port
	IN SDP
	
	
	
	Stored and used
	
	4
	Yes
	Stored and used

	
	
	Length
	80
	
	
	
	34
	
	



[bookmark: _Toc215122977]6.20.2.4	IMS Session Setup Time calculation
[bookmark: _Toc215122978]6.20.2.4.1	IMS session setup time in case of NIDD for IMS Voice
The table below shows the IMS session up time, under good conditions and excluding the time needed by EPS activities, to be below 10 seconds, in the worst-case scenario of overhead (Orange column) with IPSec, IPv6, TCP and no ROHC.
NOTE 1:	TCP is not required in this case.
The SIP size (Grey column) is based on the four tables in clause 6.20.2.1.
Table 6.20.2.4.1-1
	Message type
	SIP Size (bytes)
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (best case IPv4+UDP+IPSec - 56 Bytes))
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (worse case IPv6+UDP+IPSec - 76 Bytes)
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (worse case IPv6+TCP+IPSec - 88 Bytes)
	GEO transport delay including propagation delay of 285 ms

	INVITE
	33
	0.55
	89
	1.00
	109.0
	1.16
	121
	1.25

	183
	29
	0.52
	85
	0.97
	105.00
	1.13
	117
	1.22

	PRACK
	16
	0.41
	72
	0.86
	92.00
	1.02
	104
	1.12

	200 OK (PRACK)
	10
	0.37
	66
	0.81
	86.00
	0.97
	98
	1.07

	UPDATE
	17
	0.42
	73
	0.87
	93.00
	1.03
	105
	1.13

	200 OK (UPDATE)
	17
	0.42
	73
	0.87
	93.00
	1.03
	105
	1.13

	180 Ringing
	10
	0.37
	66
	0.81
	86.00
	0.97
	98
	1.07

	Success 200 OK
	26
	0.49
	82
	0.94
	102.00
	1.10
	114
	1.20

	Adding ACK
	13
	0.39
	69
	0.84
	89.00
	1.00
	101
	1.09

	 
	
	
	
	
	
	
	
	

	Total size (bytes)
	171
	
	675
	
	855
	
	963
	

	CST over 1Kb/s - (INVITE to 180) (s)
	
	3.05
	
	6.19
	
	7.31
	
	7.98



NOTE 2:	The CST values in the last row excludes Success 200 OK and ACK as they are not relevant for session setup time.




[bookmark: _Toc215122979]6.20.2.4.2	IMS session setup time in case of IP transport for IMS voice
The table below shows the IMS session up time, under good conditions and excluding the time needed by EPS activities, to be below 10 seconds, in the worst-case scenario of overhead (Orange column) with IPSec, IPv6, TCP and no ROHC.
Table 6.20.2.4.2-1
	Message type
	SIP Size (bytes)
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (best case IPv4+UDP+IPSec - 56 Bytes))
	times increase
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (worse case IPv6+UDP+IPSec - 76 Bytes)
	times increase
	GEO transport delay including propagation delay of 285 ms
	SIP+Transport overhead size (worse case IPv6+TCP+IPSec - 88 Bytes)
	times increase
	GEO transport delay including propagation delay of 285 ms

	INVITE
	37
	0.58
	93
	2.5
	1.03
	113.0
	3.1
	1.19
	125
	3.4
	1.29

	183
	75
	0.89
	131
	1.7
	1.33
	151.00
	2.0
	1.49
	163
	2.2
	1.59

	PRACK
	16
	0.41
	72
	4.5
	0.86
	92.00
	5.8
	1.02
	104
	6.5
	1.12

	200 OK (PRACK)
	10
	0.37
	66
	6.6
	0.81
	86.00
	8.6
	0.97
	98
	9.8
	1.07

	UPDATE
	17
	0.42
	73
	4.3
	0.87
	93.00
	5.5
	1.03
	105
	6.2
	1.13

	200 OK (UPDATE)
	17
	0.42
	73
	4.3
	0.87
	93.00
	5.5
	1.03
	105
	6.2
	1.13

	180 Ringing
	10
	0.37
	66
	6.6
	0.81
	86.00
	8.6
	0.97
	98
	9.8
	1.07

	Success 200 OK
	26
	0.49
	82
	3.2
	0.94
	102.00
	3.9
	1.10
	114
	4.4
	1.20

	Adding ACK
	13
	0.39
	69
	5.3
	0.84
	89.00
	6.8
	1.00
	101
	7.8
	1.09

	 
	
	
	
	
	
	
	
	
	
	
	

	Total size (bytes)
	221
	
	725
	3.3
	
	905
	4.1
	
	1013
	4.6
	

	CST over 1Kb/s - (INVITE to 180) (s)
	
	3.45
	
	
	6.59
	
	
	7.71
	
	
	8.38



NOTE:	The CST values in the last row excludes Success 200 OK and ACK as they are not relevant for session setup time.

[bookmark: _Toc215122980]6.20.3	Impacts to Services, Entities and Interfaces
P-CSCF:
-	Implements UE proxying capability to manage protocol interworking between UNI and Mw.
UE:
-	Implements UNI protocol based on GEO Gm.
[bookmark: _Toc215122981]6.21	Solution #21: Support for emergency services over NB-IoT NTN
[bookmark: _Toc215122982]6.21.0	High level principles
This solution has the following high level principles, in order to support emergency services over NB-IoT NTN connected to EPC:
-	The only emergency service supported over NB-IoT NTN connected to EPC is for IMS voice;
-	MME needs to include an indication for Emergency Services Support within the NAS Accept to the UE also for UE accessing over NB-IoT NTN which is currently not required in TS 23.401 [5];
-	eNB needs to support the related broadcast indicator that the cell supports Emergency Services over NB-IOT NTN in order to support UEs in limited service state.
Editor's note:	Whether for NB-IoT NTN there is a single emergency support indicator per cell like there is for WB-E-UTRAN,or different indicators for each PLMN the cell will be serving is FFS. This may be required if multiple PLMNs with different country specific MCCs need to be supported in the same NB-IoT NTN cell. The requirement needs to be checked with SA WG1 and RAN WG2.
-	Regarding emergency domain selection:
-	If the UE is registered, use the current PLMN in any RAT including NB-IOT NTN if emergency services are supported.
-	If the UE is not registered, the UE uses either a PLMN 3GPP access (with emergency support), or an SNPN (with emergency support) and if neither are available the UE uses a PLMN non-3GPP access, if available.
[bookmark: _Toc215122983][bookmark: _Toc22214910]6.21.1	Description
This is a solution for Key issue #3 "Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC".
The service requirements for support of emergency services are documented in TS 22.101 [9], TS 22.228 [25] and TS 22.261 [8] and define requirements only for emergency IMS voice calls.
Based on the above service requirements the following impacts for support of IMS emergency services by PLMN over NB-IoT NTN are foreseen for the specifications under SA WG2 control:
-	MME needs include an indication for Emergency Services Support within the NAS Accept to the UE also for UE accessing over NB-IoT NTN;
-	eNB needs to support the related broadcast indicator that the cell supports Emergency Services over NB-IOT NTN in order to support UEs in limited service state.
The following functionality that is already described in clause 4.3.12 of TS 23.401 [5] for WB-EUTRAN access, need to apply NB-IoT and UE operating supporting emergency services over NB-IoT NTN. Therefore the following text in clause 4.3.12 of TS 23.401 [5]: "Support for emergency bearer services is not available when the UE is using NB-IoT, i.e. the MME shall not indicate support for emergency bearer services using the Emergency Service Support indicator in the Attach and TAU procedures to a UE that accesses the network using a RAT Type equal to NB-IoT and an NB-IoT cell shall not indicate support for emergency services in any broadcast information in AS." needs to be modified.
For selection and priority where emergency services the principle should be following the same logic as TS 23.167 [7]. Given the UE may or may not be registered in PLMN at the time of initiating emergency services. The following are proposed:
-	If the UE is registered, use the current PLMN in any RAT including NB-IOT NTN if emergency services are supported.
-	If the UE is not registered, the UE uses either a PLMN 3GPP access (with emergency support), or an SNPN (with emergency support) and if neither are available the UE uses a PLMN non-3GPP access, if available.
NOTE:	The normative procedures for domain selection for emergency services can be documented eventually in Annex H of TS 23.167 [7].
[bookmark: _Toc215122984]6.21.2	Procedures
Existing procedures are reused.
[bookmark: _Toc215122985]6.21.3	Impacts to Services, Entities and Interfaces
Editor's note:	This clause captures impacts on existing 3GPP nodes and functional elements.
UE
-	Support procedures described in TS 23.401 [5] for emergency services.
-	Perform domain selection as described in clause 6.21.2.
MME
-	Include an indication for Emergency Services Support within the Attach and TAU Accept to the UE.
-	Needs Emergency configuration.
eNB of NB-IOT NTN
-	Include related broadcast indicator that the cell supports Emergency Services over NB-IoT NTN for UEs in limited service state. Whether this indicator is per cell as is currently the case for WB-E-UTRAN or needs to be per PLMN needs to be confirmed with RAN WG2 and SA WG1.
[bookmark: _Toc215122986]6.22	Solution #22: Supporting UE detectable IMS emergency call without IMS emergency registration
[bookmark: _Toc215122987]6.22.0	High-level solution Principles
This solution comprises the following principles:
-	Based on the GPRS-IMS-Bundled authentication (a.k.a. GIBA) principles described in clauses 5.1.1.4.6, 5.2.2.6 and 5.4.1.2.1E of TS 24.229 [16], UE and IMS network further skip the IMS emergency registration procedure when GEO access is used.
Editor's note:	Use of GIBA with UE equipped with a USIM needs coordination with SA3.
[bookmark: _Toc215122988]6.22.1	Description
This solution addresses Key Issue #3.
When UE has sufficient credentials to register on the IMS of the serving network, it will perform EPS AKA authentication during EPS emergency attach procedure. The UE also will perform IMS AKA authentication during IMS emergency registration procedure unless the network allows GPRS-IMS Bundled Authentication. This solution proposes to skip the IMS emergency registration in case of GEO satellite access to save the emergency call setup time.
[bookmark: _Toc215122989]6.22.2	Procedures


Figure 6.22.2-1: UE detectable IMS emergency call Procedure
0.	UE performs EPS emergency attach as specified in TS 23.401 [5], wherein the EPS AKA authentication procedure is successfully done. UE establishes an emergency PDN connection as specified in TS 23.401 [5].
1.	UE skips the IMS emergency registration if the RAT type used to access the EPS is related to GEO satellite access.
2.	UE sends emergency request (i.e. SIP INVITE with emergency indication) with indication of supporting IMS emergency service optimization towards P-CSCF.
3.	If the RAT type (obtained from IP-CAN) of the UE is related to GEO satellite access and indication of supporting IMS emergency service optimization is included, P-CSCF allows to skip IMS emergency registration and requests PCRF to report UE's subscription ID(s), which includes TEL-URI, based on the UE address.
4.	P-CSCF verifies the value of From header in the SIP INVITE based on the obtained subscription ID(s) as described in clause 7.3 of TS 23.167 [7].
5.	P-CSCF forwards the SIP INVITE with the obtained subscription ID(s) to E-CSCF directly or via S-CSCF as described in TS 23.167 [7].
The IMS emergency call setup procedure is continued, no IPSec is established between UE and P-CSCF.
NOTE 1:	The P-CSCF/S-CSCF/E-CSCF can register the UE implicitly for, e.g. call back.
NOTE 2:	The negotiation of the capability of omitting IMS emergency registration can be done during emergency PDN connection establishment, e.g. via emergency PDN connection establishment request and response.
[bookmark: _Toc215122990]6.22.3	Impacts to Services, Entities and Interfaces
UE:
-	Skip IMS emergency registration if RAT type is related to GEO satellite access.
P-CSCF:
-	Support IMS emergency call setup without IMS emergency registration based on UE’s RAT Type.
[bookmark: _Toc500949097][bookmark: _Toc146636841][bookmark: _Toc22214908][bookmark: _Toc23254041][bookmark: _Toc195779107][bookmark: _Toc215122991]6.23	Solution #23: Non-UE detectable IMS Emergency Calls for UE via NB-IoT GEO Access
[bookmark: _Toc215122992]6.23.0	High level principles
This solution resolves Key Issue #3 Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC, the following high level principles are included in this solution:
-	For Non-UE detectable IMS emergency sessions over GEO NB-IoT NTN access, signalling interactions between the UE and the network shall be minimized in order to reduce additional latency introduced by GEO satellite propagation delay.
-	The IMS core shall be capable of identifying emergency call attempts initiated by a UE without emergency indication (non-UE detectable) and handle such calls as emergency sessions.
[bookmark: _Toc215122993]6.23.1	Description
This solution resolves Key Issue #3 Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC.
As specified in TS 23.167 [7], emergency call services are categorized into UE Detectable Emergency Session and Non-UE Detectable Emergency Session based on UE capabilities.
For Non-UE Detectable Emergency Session, (i.e. the UE initiates the call as a normal IMS call without indicating emergency), two approaches are considered to handle the call in the network:
	Option 1: IMS notifies UE of emergency . In this approach (aligned with existing procedures in TS 23.167 [7]), the IMS core identifies that the dialled number is an emergency number and informs the UE that the session is an emergency. For example, the P-CSCF can respond with a specific SIP message (e.g. a SIP 380 "Alternative Service" response) indicating that the call is an emergency. Upon receiving this indication, the UE establishes an Emergency PDN connection (using the Emergency APN) and performs an IMS emergency registration before re-initiating the call as an emergency session.
	Option 2: IMS continues session internally as emergency session. In this approach, the network treats the call as an emergency without notifying the UE, thereby avoiding any extra round-trip signalling. The IMS core (P-CSCF) recognizes the dialled number as an emergency number and does not reject or redirect the call back to the UE. Instead, the P-CSCF determines to continue the session over the normal IMS PDN connection and interacts with the EPC network to establish an dedicated bearer for emergency call and inform E-CSCF this emergency session. This approach avoids the additional latency of a separate emergency attach procedure, thus significantly reducing the call setup time in the GEO satellite scenario.
[bookmark: _Toc215122994]6.23.2	Procedures
[bookmark: _Toc215122995]6.23.2.1	Non-UE detectable IMS emergency session
Option 1: IMS inform the UE of the emergency session (Applicable to both roaming and non-roaming).


Figure 6.23.2.1-1: UE-informed IMS emergency session
1.	The UE initiates a normal call session request message via NB-IoT NTN access.
2.	The P-CSCF in the IMS identifies the session as an emergency call based on the UE's called number and replies to the UE with a response (e.g. SIP 380) indicating an emergency call.
3.	Upon receiving the emergency indication from the network, the UE establishes an Emergency PDN connection to the EPC (using the Emergency APN).
4.	After establish Emergency PDN connection, UE performs an IMS emergency registration.
5.	The UE resend INVITE request to initiates an emergency call session, the subsequent procedures are same to UE detectable IMS emergency session.
Option 2: IMS continue the session and establish dedicated-bearer for Emergency call (Non-roaming scenario and roaming with Local Breakout).


Figure 6.23.2.1-2: Network-Handled Normal-call Emergency session
1.	The UE sends a call request through a normal IMS signalling bearer, where the dialled number is an emergency call number (e.g. 110 or 911), without indicating it as an emergency call.
2.	Upon receiving the request, the P-CSCF recognizes the dialled number as an emergency number and interacts with the PCRF to establish a dedicated bearer for emergency call within the normal IMS PDN connection. And the P-CSCF forwards the INVITE message to the E-CSCF.
3.	Upon receiving the message, the E-CSCF interacts with the LRF via the MI interface to obtain the UE's location information. Based on this location information, it performs PSAP selection.
4.	The E-CSCF forwards the INVITE to the selected PSAP to complete the subsequent emergency call procedure.
[bookmark: _Toc215122996]6.23.3	Impacts on Services, Entities and Interfaces
P-CSCF:
-	Support not rejecting the request and continuing the emergency call setup procedure when a UE initiates an emergency call by dialling an emergency number as normal call over NB-IoT (GEO) access in a Non-UE detectable emergency call scenario.
[bookmark: _Toc215122997]6.24	Solution #24: IMS Emergency Call over GEO
[bookmark: _Toc215122998]6.24.0	High-level solution Principles
This solution aims to resolve Key Issue #3, i.e. " Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC " and comprises the following principles:
-	MME shall be able to indicate support for emergency bearer services using the Emergency Service Support indicator in the Attach and TAU procedures to a UE that accesses the network using NB-IoT via a GEO satellite.
-	The NB-IoT cell of the GEO satellite shall be able to indicate support for emergency services in its broadcast information.
-	The procedures for UE Detectable Emergency Session and non-UE Detectable Emergency Session described in TS 23.167 [7] can also be used for the case that the emergency voice calls are established using NB-IoT over a GEO satellite.
-	The enhanced interface Gm*, described in the solution 19 of TR 23.700-19, can also be used for the procedures related to the establishment of IMS emergency session, which are specified in clause 7 of TS 23.167 [7].
[bookmark: _Toc215122999]6.24.1	Description
According to TS 23.401 [5] and specifically clause 4.3.12 "IMS Emergency Session Support", the NB-IoT does not natively support emergency voice calls, as shown below:
-	"Support for emergency bearer services is not available when the UE is using NB-IoT, i.e. the MME shall not indicate support for emergency bearer services using the Emergency Service Support indicator in the Attach and TAU procedures to a UE that accesses the network using a RAT Type equal to NB-IoT and an NB-IoT cell shall not indicate support for emergency services in any broadcast information in AS.".
However, according to solutions under discussion in Key Issue #1 and Key Issue #2, the above restriction can be removed and IMS Emergency sessions can be supported using NB-IoT over a GEO satellite connected to the EPC. Hence, more specifically, the MME shall be able to indicate support for emergency bearer services using the Emergency Service Support indicator in the Attach and TAU procedures to a UE that accesses the network using a RAT Type equal to NB-IoT. And the NB-IoT cell of the GEO satellite shall be able to indicate support for emergency services in the broadcast information in the access stratum.
At the IMS signalling, the solutions for UE Detectable Emergency Session and non-UE Detectable Emergency Session described in TS 23.167 [7] could also be used for the case where emergency voice calls are established using NB-IoT over a GEO satellite. More specifically, considering whether the UE can detect the emergency session and/or whether there is already a prior IMS registration, the following options can be considered.
-	UE is already IMS Registered in the serving PLMN: The UE can send the IMS emergency session request, as specified in clause 7.3 of TS 23.167 [7].
-	UE is not IMS Registered: There are two options to facilitate the establishment of the emergency voice call using NB-IoT over a GEO satellite:
a)	the UE first initiates the IMS Emergency registration procedure as described in clause 7.2 of TS 23.167 [7] and then the UE sends the IMS emergency session request, which increases the delay for establishing the emergency call.
b)	the UE can use the IMS Emergency Session Establishment without Registration procedure, including the "anonymous user" indications in the emergency session establishment described in Annex K.3 of TS 23.167 [7]. This option is selected by UE, if the UE knows it is accessing NB-IoT GEO access for emergency session.
-	Non-UE Detectable Emergency Session: In case the UE cannot detect the emergency session, the non-UE detectable emergency sessions can be handled as described in Clause 7.1.2 of TS 23.167 [7].
[bookmark: _Toc215123000]6.24.2	Procedures
[bookmark: _Toc215123001]6.24.2.1	IMS Emergency session via Gm*
The enhanced interface Gm*, as it is described in the solution 19, can also be used for the procedures related to the establishment of IMS emergency session, as they are specified in clause 7 of TS 23.167 [7].
In the following example, it is assumed that the UE is registered to the IMS of the serving PLMN and an Emergency Call using NB-IoT over GEO shall be established.


Figure 6.24.2.1-1: Procedure for Emergency Call using NB-IoT over GEO via Gm*
Steps 1-5 are the same as the steps described in clause K.3 of TS 23.167 [7]. The following steps are derived from clause K.3 of TS 23.167 [7].
6.	(conditional)The UE can either choose to execute Gm* emergency registration before sending the Gm* invite (in step 9). If the UE detects it is in NB-IoT access over GEO satellite, it may skip steps 6-8 and proceed with Gm* invite in step 9.
7.	The P-CSCF requests the PCRF for EPS-level identities (e.g. IMSI, IMEI(SV), MSISDN) in the Rx session establishment request. The PCRF performs session binding based on the UE's IP address/prefix (as defined in clause 6.1.1.2 of TS 23.203 [17]) and provides one or more EPS-level identities and the MSISDN (if available) to the P-CSCF.
8.	(conditional)If the network supports anonymous IMS emergency sessions, P-CSCF may add an indication whether it supports anonymous IMS emergency sessions to the 403 or 420 response.
9.	The UE may attempt an unauthenticated IMS emergency session, including an "anonymous user" parameter in the Gm* INVITE message.
10.	Upon reception of the Gm* INVITE, the P-CSCF either internally retrieves one or more EPS-level identities and the MSISDN (if available) that were received in step 7 or performs step 7 if not executed before.
11.	The P-CSCF converts the Gm* INVITE into the SIP INVITE (UserID-4, CallBackPar) and forwards it towards the PSAP. UserID-4 is derived from one of the EPS-level identities received in step 7. CallBackPar in the form of TEL-URI is derived from the MSISDN received in step 7.
[bookmark: _Toc215123002]6.24.3	Impacts on Services, Entities and Interfaces
The solution has the following impacts:
UE:
-	The UE requests emergency PDN connection for emergency service to the MME using NB-IoT via GEO satellites that indicate support for emergency services in broadcast information.
-	UE to support IMS emergency session procedures using Gm* interface.
RAN
-	Broadcast support of emergency services using NB-IoT via GEO satellite.
MME:
-	The MME needs to indicate support for emergency bearer services using the Emergency Service Support indicator in the Attach and TAU procedures using NB-IoT via GEO satellite.
P-CSCF:
-	Support receiving from the UE using Gm* interface information required for IMS emergency session.
-	Converts the Gm* messages to SIP messages towards E-CSCF and vice versa.
[bookmark: _Toc215123003]6.25	Solution #25: Emergency number provision for UE access to NB-IoT GEO based on UE location
[bookmark: _Toc215123004]6.25.0	High level solution Principles
UE location should be considered when providing emergency numbers to UE, as an MME may serve different PLMNs of different countries or a PLMN severing international areas (e.g. MCC 901).
-	For a UE access to a PLMN serving a specific country/area over, an emergency number list associated with the PLMN serving country/area may be provided to UE after location verification.
-	For a UE access to a PLMN severing international areas, an emergency number list corresponding to its current country/area may be provided to UE after location verification.
MME also should provide an Emergency Service Support indicator in the Attach and TAU procedures to the UE access to NB-IoT GEO.
[bookmark: _Toc215123005]6.25.1	Description
As a NB-IoT GEO satellite may serve multiple countries/areas, when the UE moves between different multiple countries/areas, different emergency numbers should be provided to UE by MME.
-	If the NB-IoT GEO satellite serves for multiple PLMNs of different countries/areas, the MME can provide correct emergency numbers associated with the selected PLMN after location verification.
-	If the NB-IoT GEO satellite serves for a single PLMN (e.g. with MCC 901) covering different countries/areas, the MME may need to know the country/area UE located and provide or update the emergency numbers to UE with UE movement between countries/areas.
If the network supports emergency service, the MME should also provide an Emergency Service Support indicator to UE at successful Attach and TAU procedures.
[bookmark: _Toc215123006]6.25.2	Procedures
The overall procedures of providing emergency numbers to UE based on UE location are illustrated in figure 6.25.2-1.


[bookmark: _CRFigure9_20]Figure 6.25.2-1: UE Emergency number provision for UE accessing NB-IoT GEO based on UE location
1.	The UE initiates Attach/TAU Request and may report Coarse Location to MME via NAS SMC for basic UE location verification. In case of Coarse Location not obtained (e.g. in case of an emergency attach and NAS SMC not performed), the MME relies on ULI information from RAN for basic UE location verification. The MME performs basic UE location verification as specified in clause 4.13.4 of TS 23.401 [5] which may include steps 2-4 to further get a more accurate UE location.
1a.	MME proceeds with the Attach/TAU procedure and sends Attach Accept or TAU accept to UE with Emergency Support Indicator and Emergency numbers. The emergency numbers are associated with the selected PLMN or corresponding to current UE location (e.g. in the case of the selected PLMN with MCC 901).
	Based on operators' policy, the MME may not provide emergency numbers to UE until it is able to determine the UE location with sufficient accuracy.
2-4. If the MME is not able to determine the UE location with sufficient accuracy to make a decision or if the received ULI is not sufficiently reliable, the MME initiate UE location procedure after the Mobility Management or Session Management procedure is complete, as specified in clause 9.1.17 of TS 23.271 [26], to determine the UE location (i.e. a country/area presented by an MCC).
5.	Based on steps 2-4, if the UE is registered to a PLMN (e.g. with MCC 901) that is allowed to operate in the UE location area and the MME determines that UE emergency numbers need to be updated, the MME provide the UE with emergency numbers valid for the UE location (i.e. the country/area presented by an MCC).
	If the MME does not provide emergency numbers to UE in step 1a, it may provide emergency numbers to UE in this step.
[bookmark: _Toc215123007]6.25.3	Impacts on Services, Entities and Interfaces
MME:
-	Provides Emergency Support Indicator and Emergency numbers to NB-IoT UE with GEO access.
-	Determine Emergency numbers based on UE location if MME serves for a single PLMN (e.g. with MCC 901) covering different countries/areas.
UE:
-	NB-IoT UE accessing to GEO supports receive Emergency Support Indicator and Emergency numbers.
[bookmark: _Toc215123008]6.26	Solution #26: Support for location service for emergency call over NB-IoT NTN
[bookmark: _Toc215123009]6.26.0	High level principles
This solution has the following high level principles, in order to support location service for emergency call over NB-IoT NTN connected to EPC:
-	When initiating emergency call over NB-IoT NTN, the UE reports its location information to the IMS Core during session establishment. The ECGI provided in the location information by the UE can differ from the ECGI provided by eNB.
-	Based on network request, UE reports its coarse location information to the MME following the procedures defined in clause 4.13.10 of TS 23.401 [5].
-	If the location information is not provided by UE or insufficient for network requirements:
-	If the operator policy requires network provided location using PCC-based solutions for the UE location (e.g. serving cell), the P-CSCF retrieves location information from the access network and includes it in the emergency service request, as described in TS 23.228 [6]. The UE location is marked as being network provided to distinguish it from location information that the UE provided.
-	If the operator policy requires network provided location using the GMLC/LRF-based solution for the UE location (e.g. serving cell), the P-CSCF forwards the emergency request to E-CSCF. The E-CSCF retrieves location information from LRF as described in clause 6.2.2 of TS 23.167 [7].
[bookmark: _Toc215123010]6.26.1	Description
This is a solution for Key issue #4 "Location service for IMS emergency call and regulatory services over NB-IoT NTN".
Location information is needed for 2 main reasons in emergency services. The initial purpose of the location information is to enable the IMS network to determine which PSAP serves the area where the UE is currently located, so that the IMS network can route the emergency session to the correct PSAP. The second purpose is for the PSAP to get more accurate or updated location information for the terminal during or after the emergency session where required by local regulation.
As specified in TS 23.167 [7], following options for retrieving location information for routing purposes are considered:
1.	The UE knows its own location;
2.	The UE retrieves its location information from the network;
3.	The IMS core retrieves the location information;
4.	Location information is not needed to route the emergency call by the IMS core, optionally the emergency routing determination and location information retrieval may be performed by the Emergency Call Server (ECS) as part of the emergency session establishment procedure.
Option 2 and option 4 requires more signalling exchange via control plane or data transmission via user plane, which may cause significant call setup delay in the context of IMS emergency call over NB-IoT NTN. While option 1 and option 3 are partially supported in the specifications of Rel-19.
Based on the above observation, option 1 and option 3 are recommended as baseline for retrieving location information. More details are proposed based on the existing specifications:
Option 1, UE reported location information:
As specified in TS 23.401 [5], in the case of satellite access for NB-IoT, a UE with location capability (i.e. GNSS capability) should use its awareness of its location to select a PLMN.
The requirement for emergency service is the UE reporting its location information to the IMS Core during session establishment.
Option 3, IMS Core retrieved location information:
As specified in TS 23.401 [5], to ensure that regulatory requirements are met, the network may verify the UE location.
As specified in TS 23.271 [26] clause 9.1.17.0, the MME may further report the UE location estimation and accuracy to the GMLC/LRF.
If the location information provided via option 1 is insufficient or if the IMS core requires emergency routing information, or if the IMS core is required to validate the location information, or if the IMS core is required to map the location identifier received from the UE into the corresponding geographical location information, the IMS core sends a location request to the LRF.
Proposals:
In the context of IMS emergency call over NB-IoT NTN, it is recommended to apply both of the options for retrieving location information:
	Option 1: UE reported location information.
	Option 3: IMS Core retrieved location information.
Other options (e.g. retrieving location information via SUPL, LPP) may be supported as supplementary of the above two options.
[bookmark: _Toc215123011]6.26.2	Procedures
The procedures specified in TS 23.401 [5], TS 23.167 [7], TS 23.271 [26] can be reused. The overall procedures of retrieving location information are illustrated in figure 6.26.2-1.


Figure 6.26.2-1: UE location retrieving for emergency call over NB-IoT NTN procedures
1.	The user initiates an emergency service request to establish the IP-CAN bearer over EPS via NB-IoT NTN.
2.	When requested by the MME, the UE reports Coarse Location Information (as specified in clause 4.13.10 of TS 23.401 [5]) in the NAS Security Mode Command procedure.
Editor's note:	Coordination with SA3 and CT1 is required on whether NAS Security Mode Command procedure can be used for retrieving Coarse Location Information of UE in limited service state.
3.	If the MME is not able to determine the UE location with sufficient accuracy or if the received ULI is not sufficiently reliable, the MME initiates UE location procedure to E-SMLC as specified in clause 9.1.17.0 of TS 23.271 [26], to determine the UE location. If the requested location information and the location accuracy within the QoS can be satisfied based on parameters received from the MME, the E-SMLC may skip step 3 and send a Location Response immediately.
4.	E-SMLC determines the positioning method and performs position measurement procedures as specified in TS 23.271 [26].
5.	E-SMLC returns location information estimation to the MME.
6.	The MME reports location information estimation to the GMLC, as specified in clause 9.1.17.0 of TS 23.271 [26].
7.	The GMLC sends ACK to the MME. The LRF integrated or associated with the GMLC may use the location information to assist routing of the emergency session to the PSAP/emergency centre.
8.	The UE sends an INVITE with an emergency indication to the IMS core. The INVITE should contain any location information that the terminal has. If the location information provided by UE is trusted and sufficient to determine the correct PSAP, the step 8-9 are skipped.
9.	If the location information is insufficient, the IMS core sends a location request to the LRF as specified in clause 7.6.1 of TS 23.167 [7].
10.	The LRF returns with location and route information.
11.	The IMS Core selects the PSAP based on UE location information and forwards the INVITE to the selected PSAP with location information.
12.		The emergency call is established between the UE and the PSAP.
[bookmark: _Toc215123012]6.26.3	Impacts on Services, Entities and Interfaces
Editor's note:	This clause captures impacts on existing 3GPP nodes and functional elements.
UE:
-	Report its coarse location information to MME via SMC procedure defined in TS 23.401 [5].
-	Report its location information to the IMS Core during session establishment.
-	Support E-SMLC requested UE Assisted and UE Based Positioning and Assistance Delivery.
MME:
-	Receives UE	coarse location information using existing procedure.
-	Support EPC Network Induced Location Request using existing procedure.
-	Reports the location information to GMLC/LRF using existing procedure.
GMLC/LRF:
-	Retrieve and store the UE location information using existing procedure.
-	Provide routing and/or correlation info of an UE to IMS Core using existing procedure.
[bookmark: _Toc215123013]6.27	Solution #27: Reselection of P-CSCF between GEO access and other access
[bookmark: _Toc215123014]6.27.0	High-level solution Principles
This solution addresses KI#1and KI#2, by proposing EPC enhancements to support reselection of P-CSCF in case that UE changes its access, e.g. from RAT of NB-IoT GEO to RAT of E-UTRA, or vice versa, considering that operator may deploy different P-CSCF, PGW and MME, or different combination of the three Network Elements for different access, since the IMS signalling procedures for NB-IoT access in KI#2 is significantly different from legacy IMS signalling procedure for other access.
This solution reuses existing mechanism of P-CSCF restoration/re-selection and procedures of PDN connection re-establishment as described in TS 23.380 [27], for transferring to UE the new P-CSCF for the new access in either the existing or new established IMS PDN connection.
Editor's note:	Whether this solution works with existing mobility for NB-IoT NTN is FFS.
[bookmark: _Toc215123015]6.27.1	Description
In the proposal, if the RAT type is changed during UE mobility, the MME and PGW jointly perform re-selection/relocation for P-CSCF/PGW to handle the various deployment case for P-CSCF, PGW and MME. It also applies to roaming case where the MME is located in different PLMN from PGW.
As described in clause L.2.2.1 of TS 24.229 [16], there exists 4 methods for P-CSCF discovery. In practice operators mainly use method II by which P-CSCF address is transferred within the EPS bearer context activation procedure. With this reality this proposal also uses core network controlled approach based on method II.
[bookmark: _Toc215123016]6.27.2	Procedures
During the UE mobility between different RAT type, especially between NB-IoT GEO and E-UTRA, the MME receives the new RAT type of UE during TAU or attach following exiting mobility procedure. The MME decides to disconnect existing IMS PDN connection due to RAT change, taking into account the capability of the PGW, e.g. whether the existing PGW of IMS PDN supports both the new RAT and old RAT, whether the existing PGW is a legacy PGW. The MME can have the knowledge of that PGW by configuration, or during DNS procedure for PGW selection.
-	If the MME decides to disconnect existing IMS PDN connection, it uses the procedure of clause 5.10.3 of TS 23.401 [5], with PDN connection reactivation request. During the IMS PDN connection re-establishment the P-CSCF(s) for the new RAT type is transferred to UE.
-	If the MME decides to continue existing IMS PDN connection, it sends the new RAT type to PGW in Modify Bearer Request following exiting mobility procedure. After receiving the new RAT type, the PGW decides to disconnect or continue existing IMS PDN connection, by taking into account some factors, e.g. capability of existing P-CSCF supporting both RAT types, deployment of individual P-CSCF for different RAT type, UE capability to support P-CSCF re-selection.
-	If the PGW decides to disconnect existing IMS PDN connection, it uses the bearer deactivation procedure of clause 5.4.4.1 of TS 23.401 [5], with PDN connection reactivation request. During the IMS PDN connection re-establishment the P-CSCF(s) for the new RAT type is transferred to UE.
-	If the PGW decides to continue existing IMS PDN connection, it transfers address of new P-CSCF(s) for new RAT type to UE in PCO of Update Bearer Request following the procedure of clause L.2.2.1C of TS 24.229 [16].
After receiving the P-CSCF address in existing or new established IMS PDN connection, the UE performs registration to the P-CSCF following specific IMS procedure for the corresponding RAT type.
[bookmark: _Toc215123017]6.27.3	Impacts on Services, Entities and Interfaces
PGW:
-	Disconnect the UE's IMS PDN connection and instructs the UE to establish a new IMS PDN connection by using the procedure of clause 5.4.4.1 of TS 23.401 [5], based on UE capability and P-CSCF capability.
-	Transfer address of P-CSCF(s) for new RAT type in existing or new established IMS PDN connection, if the PGW supports the new RAT.
MME:
-	Disconnect IMS PDN connection and instructs the UE to reestablish a new IMS PDN connection by using the procedure of clause 5.10.3 of TS 23.401 [5], based on RAT type change and capability of existing PGW.
[bookmark: _Toc197067445][bookmark: _Toc199771155][bookmark: _Toc215123018]6.28	Solution #28: Non-IP/UDP transport for IMS voice media using IP-type PDN Connection
[bookmark: _Toc197067446][bookmark: _Toc199771156][bookmark: _Toc215123019]6.28.0	High-level solution Principles
In the case of strictly limited bandwidth (e.g. 1kbps) in GEO satellite link, transport of the voice media traffic without IP/UDP header may reduce the protocol overhead and improve the voice quality.
NOTE 1:	The terminology 'non-IP data' used in this paper only refers to packet without IP/UDP header.
NOTE 2:	When voice media is sent without UDP/IP, the RTP header will not be subject to ROHC but will be sent as e2e payload between IMS AGW and UE. This causes overhead that may in some cases be larger than when ROHC is applied for RTP/UDP/IP headers. It is assumed that a new RTP header design by SA WG4 can mitigate the potential protocol overhead issues when applying non-UDP/IP transport of voice media.
Editor's note:	It is FFS and up to SA WG4 whether and how to reduce the overhead in the RTP header.
[bookmark: _Toc197067447][bookmark: _Toc199771157][bookmark: _Toc92875663][bookmark: _Toc93070687]This solution addresses Key Issue #1 and covers the aspects how to integrate the new function of non-IP transport with existing VoLTE solution. Other aspects are to be addressed by other solutions.
The solution principle is similar to the principle of Solution #3:
-	One IP type PDN connection established for IMS, using UP.
-	SIP messages are transported using default EPS bearer.
-	Voice media is transported by non-IP data between UE and PGW, using a dedicated EPS bearer of the IP type PDN connection.
-	Voice media is transported by IP data as for VoLTE between PGW and IMS-AGW.


Figure 6.28.0-1: EPS bearers for IMS over NB-IoT (GEO)
[bookmark: _Toc215123020]6.28.1	Description
[bookmark: _Toc197067448][bookmark: _Toc199771158]In this proposal, PDN Connection to IMS APN, with IP type and two bearers, is used for SIP signalling and voice media. The SIP signalling is delivered via default bearer with IP data and voice media traffic is delivered via dedicated bearer using non-IP data between UE and PGW.
[bookmark: _Toc215123021]6.28.2	Procedures
The UE establishes IP type PDN Connection for IMS APN and indicates its support of transporting voice media traffic without IP/UDP header over a dedicated bearer in the PDN connectivity request message, in PCO IE. MME and SGW forwards the UE's capability to PGW via Create Session Request message.
NOTE:	It is assumed that PGW selection is done based on APN as described in current TS 23.401 [5],
When an IMS voice call is initiated, the PGW receives the RAR (Policy and Charging Rules Provision) from PCRF as a trigger to establish a dedicated bearer. The PGW initiates the dedicated bearer activation procedure and informs the UE via SGW/MME that the dedicated bearer is for transporting voice media traffic without IP/UDP header. The IMS voice traffic is handled as follows:
-	For UL voice traffic, the PGW adds the IP/UDP header based on the IP flow description that it has received in PCC rule from PCRF. There are no impacts to the PCC rule due to this.
-	For DL voice traffic, the PGW matches the IP flow using downlink packet filter and associates the traffic with the dedicated bearer but removes the IP/UDP header before transmitting the packet onto the GTP tunnel.
-	The RTP header is carried transparently via the PGW in both UL and DL.
-	For UL voice traffic, the UE is provided by PGW with uplink packet filter in TFT and an associated indicator for the dedicated bearer. This allows the UE to associate the non-IP data with the dedicated bearer or convert IP to non-IP before transmitting to the dedicated bearer, depending on the UE internal logic.
-	For DL voice traffic, the UE is provided by PGW with downlink packet filter in TFT and an associated indicator for the dedicated bearer. The UE receives DL packet without IP/UDP header from the dedicated EPS bearer and then the non-IP data may be forwarded to upper layer application directly or converted to IP data first, depending on the UE internal logic.
-	MME indicates to eNB that the bearer is of nonIP type (using existing S1AP bearer type parameter)


Figure 6.28.2-1: Voice media transport without IP/UDP header
[bookmark: _Toc197067449][bookmark: _Toc199771159][bookmark: _Toc215123022]6.28.3	Impacts on Services, Entities and Interfaces
UE:
-	Indicates in PDN connectivity request its capability of transporting voice media traffic without IP/UDP header.
-	Sending and receiving IMS voice media as non-IP data, per indication from the network.
PGW:
-	PGW-C/PGW-U activate dedicated bearer for transporting voice media traffic without IP/UDP header.
-	PGW-C provides indication associated with the dedicated bearer to handle non-IP data over a dedicated bearer.
-	PGW-C instructs PGW-U how to add/remove IP/UDP header for dedicated bearer of IP type PDN.
-	PGW-U performs IP/UDP header removal/addition when receiving and sending data from/to SGi for dedicated bearer of IP type PDN Connection.
MME/SGW:
-	Support NB-IoT with dedicated bearer.
-	Support dedicated bearer of an IP type PDN connection for transporting non-IP data.
RAN:
-	support NB-IoT with dedicated bearer.
-	support radio bearer which is used for IMS voice media to transport non-IP data.
[bookmark: _Toc215123023]6.29	Solution #29: Non-IP transfer of voice media with a reduced RTP header for 1 PDN connection and CP/UP scenario
[bookmark: _Toc215123024]6.29.0	High-level solution Principles
This solution is for KI#1 on IMS voice service over GEO satellite, in particular addressing SIP/I1 message size optimization and voice media size optimization.
This solution assumes the use of a CP bearer for SIP/I1 messages and a UP bearer for voice media in 1 PDN connection.
With this solution, SIP/I1 messages can be transferred over GEO satellite relying on the NAS security (NOTE: 5tuple removal is not proposed) and voice media can be transferred over GEO satellite without 5tuple and the RTP header and with a reduced RTP header.
NOTE:	Part of this solution related to voice media handling can also apply to the case of using a UP bearer for SIP/I1 message.
[bookmark: _Toc215123025]6.29.1	Description
[bookmark: _Toc215123026]6.29.1.1	General
The assumptions of this solution are as follows:
-	It is assumed that signalling (e.g. SIP messages, I1-like messages) and voice media are transferred in different bearers in 1 PDN connection.
-	It is assumed to transfer SIP/I1 signalling in NAS by using a CP bearer, which is a default bearer.
-	Usually, the transport mode IPsec ESP is used between UE and P-CSCF (See TS 33.203 [28]). It is assumed not to use it for GEO voice.
-	Security of SIP/I1 signalling relies on that of NAS.
Editor's note:	Whether this security assumption is appropriate or not is left to SA WG3.
-	It is assumed to transfer voice media by using a UP bearer, which is a dedicated bearer.
-	Due to the constraints of NB IoT, Non-GBR is assumed.
The principles of this solution are as follows:
-	PDN type of the PDN connection is set to IP. Voice media between UE and P-GW is without 5tuple and the RTP header and with a reduced RTP header (e.g., one octet sequence number).
-	ROHC is deactivated in UE and eNB for the UP bearer.
	[Option 1]: P-GW and the non-MMTEL part of UE perform the RTP header handling.
-	UE is considered to have two parts. One part is the MMTEL part that is basically not impacted due to this solution (apart from sharing info derived from SDP to the non-MMTEL part in an appropriate timing) and that constructs SIP/I1 signalling and voice media with headers as usual. The other part is the non-MMTEL part that is impacted.
NOTE:	The non-MMTEL part of UE is located between the MMTEL part of UE and the PDCP layer and how it works is up to the UE implementation.
-	For voice media, P-GW and the non-MMTEL part of UE uses Flow description and RTP description to derive 5tuple and the RTP header to be added.
	[Option 2]: IMS AGW instead of P-GW performs the RTP header handling.
-	This IMS AGW is considered to have two parts. One part is the usual IMS AGW that is not impacted due to this solution. The other part is a part that is responsible for the RTP header handling and located between the usual IMS AGW part and UE.
-	For voice media, P-GW uses Flow description to derive 5tuple to be added, and the RTP header handling part of IMS AGW uses RTP description to derive the RTP header to be added.
-	UE behaviour is the same as Option 1.
The advantages of this solution are as follows:
-	SIP/I1 signalling can be transferred over GEO satellite while relying on the NAS security. By relying on the NAS security, security in the level of SIP/I1 signalling can be skipped and IPsec ESP header, trailer and ICV(=Integrity Check Value) can be omitted.
Editor's note:	Whether this security assumption is appropriate or not is left to SA WG3.
-	Voice media can be transferred over GEO satellite without 5tuple and the RTP header, while a reduced RTP header is added instead.
[bookmark: _Toc215123027]6.29.1.2	Derivation of 5tuple and the RTP header for voice media in P-GW/IMS AGW and UE
[bookmark: _Toc215123028]6.29.1.2.1	Option 1: P-GW and the non-MMTEL part of UE performs the RTP header handling
P-CSCF obtains 5tuples of UL/DL and RTP description (i.e. a=rtpmap, a=ptime) of UL during SDP offer/answer exchange and sends them via PCRF to P-GW at the timing of setting up a dedicated bearer. P-GW uses this information to reconstruct the RTP header and 5tuple for UL and to find a bearer for DL. If two entries of a=rtpmap exist, P-GW recognizes the first entry is for speech and the second for DTMF.
The MMTEL part of UE obtains 5tuples of UL/DL and RTP description (i.e. a=rtpmap, a=ptime) of DL during SDP offer/answer exchange and sends them to the non-MMTEL part of UE. The non-MMTEL part of UE uses this information to reconstruct the RTP header and 5tuple for DL voice media to be forwarded to the MMTEL part of UE and to update TFT and find a bearer for UL voice media coming from the MMTEL part of UE. If two entries of a=rtpmap exist, the non-MMTEL part of UE recognizes the first entry is for speech and the second for DTMF.
[bookmark: _Toc215123029]6.29.1.2.2	Option 2: IMS AGW instead of P-GW performs the RTP header handling
P-CSCF obtains 5tuples of UL/DL and RTP description (i.e. a=rtpmap, a=ptime) of UL during SDP offer/answer exchange and sends the former via PCRF to P-GW at the timing of setting up a dedicated bearer and the latter to IMS AGW at the timing of configuring it for the path to UE. P-GW uses this information to reconstruct 5tuple for UL and to find a bearer for DL. IMS AGW uses this information to reconstruct the RTP header for UL. If two entries of a=rtpmap exist, IMS AGW recognizes the first entry is for speech and the second for DTMF.
UE behaviour is the same as Option 1.
[bookmark: _Toc215123030]6.29.1.3	Derivation of RTP header and reduced RTP header in detail
Editor's note:	Confirmation from SA4 is needed for the RTP header handling.
[bookmark: _Toc215123031]6.29.1.3.1	General
The format of the RTP header is as follows according to IETF RFC 3550 [30].


Figure 6.29.1.3.1-1 Format of the RTP header
An example of a=rtpmap and a=ptime is as follows according to Table A.14.1 of TS 26.114 [29].
-	a=rtpmap:97 EVS/16000/1
-	a=ptime:20The reduced RTP header is one octet sequence number and its format is as follows.

	
	Bits

	Octets
	0
	1
	2
	3
	4
	5
	6
	7

	1
	sequence number



Figure 6.29.1.3.1-2: Format of the reduced RTP header.
The following is a method to construct an RTP header from a reduced RTP header:
-	P(padding) = See NOTE.
-	X(extension) = 0.
-	CC(CSRC count) = 0.
-	M(marker) = See NOTE.
-	PT(payload type) = 97.
-	sequence number = 0 is set as padding in the third octet and the one octet sequence number is set in the fourth octet.
-	timestamp =For the initial value of the sequence number, set 1000 for example. For the initial value of the sequence number+1, set 1000 + 320 (=16000 x 0.02) = 1320. For the initial value of the sequence number+2, set 1320 + 320 = 1640.
-	SSRC = (For UL) P-GW in Option 1 or IMS AGW in Option 2, and (for DL) the non-MMTEL part of UE decides.
-	CSRC = Not needed.
NOTE:	Which values to set in P(padding) and M(marker) depends on the RTP payload format for a new codec being defined in SA4.
A reduced RTP header is derived from a RTP header by taking out the least significant one octet from the sequence number.
[bookmark: _Toc215123032]6.29.1.3.2	Extension for HOLD/CW/DTMF
If support of HOLD/CW/DTMF is required, the following format of the reduced RTP header is used:

	
	Bits

	Octets
	0
	1
	2
	3
	4
	5
	6
	7

	1
	SSRC differentiator
	DTMF differentiator
	sequence number



Figure 6.29.1.3.2-1 Format of the reduced RTP header with extension
The SSRC differentiator is set 0 for the first call and 1 for the second call, and the DTMF differentiator is set 0 for speech and 1 for DTMF.
[bookmark: _Toc215123033]6.29.1.4	Voice media packet handling in P-GW/IMS AGW after the context for the dedicated bearer is set up
[bookmark: _Toc215123034]6.29.1.4.1	Option 1: P-GW performs the RTP header handling
When P-GW receives a DL voice media packet with IP/UDP/RTP, the P-GW recognizes the DL voice media packet is to be sent in the dedicated bearer. The P-GW removes IP/UDP header, replaces the RTP header with a reduced RTP header and sends the resulting packet in the dedicated bearer.
If the reduced RTP header with extension applies, P-GW remembers SSRC of the first call and sets the SSRC differentiator to 0. If receiving a different SSRC later, P-GW sets it to 1. When PT matches the first entry of a=rtpmap, P-GW sets the DTMF differentiator to 0. With matching the second entry, P-GW sets 1.
When P-GW receives a UL voice media packet without IP/UDP/RTP and with a RTP reduced header in the dedicated bearer, the P-GW finds the context for the dedicated bearer, which contains information to derive the RTP header and information on IP/UDP header to be added. The P-GW derives the RTP header based on the reduced RTP header, replaces the reduced RTP header with the RTP header, adds IP/UDP header and sends a resulting packet to IMS AGW.
If the reduced RTP header with extension applies, based on the values of the SSRC differentiator and the DTMF differentiator, P-GW determines which RTP description (i.e. a=rtpmap, a=ptime) and SSRC to apply.
[bookmark: _Toc215123035]6.29.1.4.2	Option 2: IMS AGW instead of P-GW performs the RTP header handling
When IMS AGW (or the RTP header handling part of IMS AGW) receives a DL voice media packet with IP/UDP/RTP, the IMS AGW replaces the RTP header with a reduced RTP header and sends the resulting IP/UDP/reduced RTP packet to P-GW. The P-GW recognizes the packet is to be sent in the dedicated bearer. The P-GW removes IP/UDP header and sends the resulting packet in the dedicated bearer.
If the reduced RTP header with extension applies, IMS AGW remembers SSRC of the first call and sets the SSRC differentiator to 0. If receiving a different SSRC later, IMS AGW sets it to 1. When PT matches the first entry of a=rtpmap, IMS AGW sets the DTMF differentiator to 0. With matching the second entry, IMS AGW sets 1.
[bookmark: _Toc215123036]6.29.1.5	Voice media packet handling in UE after the context for the dedicated bearer is set up
[bookmark: _Toc215123037]6.29.1.5.1	Option 1: The non-MMTEL part of UE performs the RTP header handling
The MMTEL part of UE creates a UL voice media packet with IP/UDP/RTP as usual and forwards it to the non-MMTEL part of UE. The non-MMTEL part of UE uses TFT and recognizes the UL voice media packet is to be sent in the dedicated bearer. The non-MMTEL part of UE removes IP/UDP header, replaces the RTP header with a reduced RTP header and sends the resulting packet in the dedicated bearer.
If the reduced RTP header with extension applies, the non-MMTEL part of UE remembers SSRC of the first call and sets the SSRC differentiator to 0. If receiving a different SSRC later, the non-MMTEL part of UE sets it to 1. When PT matches the first entry of a=rtpmap, the non-MMTEL part of UE sets the DTMF differentiator to 0. With matching the second entry, the non-MMTEL part of UE sets 1.
When the non-MMTEL part of UE receives a DL voice media packet without IP/UDP/RTP and with a RTP reduced header in the dedicated bearer, the non-MMTEL part of UE finds the context for the dedicated bearer, which contains information to derive the RTP header and information on IP/UDP header to be added. The non-MMTEL part of UE derives the RTP header based on the reduced RTP header, replaces the reduced RTP header with the RTP header, adds IP/UDP header and sends a resulting packet to the MMTEL part of UE.
If the reduced RTP header with extension applies, based on the values of the SSRC differentiator and the DTMF differentiator, the non-MMTEL part of UE determines which RTP description (i.e. a=rtpmap, a=ptime) and SSRC to apply.
[bookmark: _Toc215123038]6.29.1.5.2	Option 2
UE behaviour is the same as Option 1.
[bookmark: _Toc215123039]6.29.2	Procedures
[bookmark: _Toc215123040]6.29.2.1	Attach procedure


Figure 6.29.2.1-1: Attach procedure
NOTE 1:	This procedure applies both to Option 1 and Option 2.
1.	UE sends to MME the Attach request containing PDN type=IPv6, Header compression configuration= supported RoHC profiles for CP bearer, and Extended protocol configuration options that have "CN header handling request" (a new indicator).
NOTE 2:	For Option 1, "CN header handling request" is about 5tuple and RTP header. For Option 2, it is about 5tuple.
2.	MME may select a P-GW capable of accepting "CN header handling request" based on APN and UE location (e.g. TAI, E-UTRAN CGI). MME sends to S-GW the Create Session Request containing PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request".
3.	S-GW sends to P-GW the Create Session Request containing PDN type=IPv6 and Extended protocol configuration options that have "CN header handling request".
4.	P-GW sends to PCRF the CC-Request.
5.	PCRF sends to P-GW the CC-Answer.
6.	P-GW recognizes with "CN header handling request" or with another indication that P-GW needs to establish a dedicated bearer as well. As per the procedure defined in Annex F of TS 23.401 [5], P-GW sends to S-GW the Create Session Response containing PDN Address Allocation that includes the allocated IPv6 address and Extended protocol configuration options that include "CN header handling accepted" (a new indicator) and the Create Bearer Request containing TFT(Create new TFT, parameters list is not included) and Bearer Flags (PHC (Prohibit Header Compression)=1). (PHC is a new flag)
7.	S-GW sends to MME the Create Session Response containing PDN Address Allocation that includes the allocated IPv6 address and Extended protocol configuration options that include "CN header handling accepted" and the Create Bearer Request containing TFT(Create new TFT, parameters list is not included) ) and Bearer Flags (PHC (Prohibit Header Compression)=1).
8.	MME sends to eNB the Initial Context Setup request containing the Attach accept and the E-RAB to Be Setup Item IEs. This Attach accept contains Activate Default EPS Bearer Context Request containing PDN address that includes the allocated IPv6 address, Header compression configuration= supported RoHC profiles for CP bearer, and Extended protocol configuration options that include "CN header handling accepted". This E-RAB to Be Setup Item IEs contains Bearer Type = non IP and the Activate Dedicated EPS Bearer Context Request containing TFT(Create new TFT, parameters list is not included). Bearer Type = non IP is included to stop the use of ROHC in eNB for the dedicated bearer.
9.	eNB sends to UE the RRCConnectionReconfiguration containing the Attach accept and the Activate Dedicated EPS Bearer Context Request, and pdcp-Config of headerCompression=notUsed for DRB.
10.	The Attach procedure continues.
[bookmark: _Toc215123041]6.29.2.2	Voice call procedure
[bookmark: _Toc215123042]6.29.2.2.1	Option 1: P-GW and the non-MMTEL part of UE performs the RTP header handling


Figure 6.29.2.2.1-1: Voice call procedure
1.	UE/MMTEL, which is the MMTEL part of the UE, decides to make a call.
2.	UE/MMTEL sends SIP/I1(SDP offer) to UE/non-MMTEL, which is the non-MMTEL part of the UE. "SIP/I1" refers here to either SIP INVITE or an I1-like message equivalent to it. The SDP offer contains information not to use RTCP (i.e., b=RS:0, b=RR:0).
3.	UE/non-MMTEL sends towards P-CSCF the SIP/I1(SDP offer).
4.	P-CSCF may translate I1(SDP offer) to SIP INVITE (SDP offer). P-CSCF sends the SIP INVITE (SDP offer) to S-CSCF.
5.	S-CSCF sends SIP 183 Session Progress (SDP answer) to P-CSCF.
6.	P-CSCF sends to PCRF the AA-Request containing Flow description and RTP description (a new information). This RTP description includes information related to a=rtpmap and a=ptime in SDP for UL voice media.
7.	PCRF sends the AA-Answer to P-CSCF.
8.	PCRF sends to P-GW the RA-Request containing Flow description and RTP description.
9.	P-GW sends the RA-Answer to PCRF.
10.	P-GW recognizes that a dedicated bearer is already established and does not send any message to S-GW. P-GW stores Flow description and RTP description as a context of the dedicated bearer.
11.	P-CSCF may translate SIP 183 Session Progress (SDP answer) to another SIP message or an I1-like message containing the SDP answer. "SIP/I1" refers here to one of those messages. The SDP answer contains information not to use RTCP (i.e., b=RS:0, b=RR:0). P-CSCF sends the SIP/I1(SDP answer) towards UE.
12.	UE/non-MMTEL sends the SIP/I1(SDP answer) to UE/MMTEL.
13.	UE/MMTEL informs UE/non-MMTEL of Flow description and RTP description.
14.	UE/non-MMTEL stores Flow description and RTP description as a context of the dedicated bearer and creates TFT for the dedicated bearer.
15.	The procedure continues and the voice call is established.
16.	UE/MMTEL decides to send a voice media packet.
17.	UE/MMTEL sends a voice media packet to UE/non-MMTEL.
18.	UE/non-MMTEL finds a bearer, which tuns out to be the dedicated bearer, removes 5tuple and replaces the RTP header with the reduced RTP header as is described in clauses 6.29.1.3 and 6.29.1.5.
19.	UE/non-MMTEL sends the voice media packet without 5tuple and RTP header and with the reduced RTP header by using U-plane via eNB and S-GW to P-GW. ROHC in UE and eNB is deactivated.
20.	P-GW replaces the reduced RTP header with the RTP header as is described in clause 6.29.1.3 and 6.29.1.4 and adds 5tuple as is described in clause 6.29.1.2.
21.	P-GW sends the voice media packet to IMS AGW.
22.	IMS AGW sends a voice media packet to P-GW.
23.	P-GW finds a bearer, which turns out to be the dedicated bearer, removes 5tuple and replaces RTP header with the reduced RTP header as is described in clause 6.29.1.3 and 6.29.1.4.
24.	P-GW sends the voice media packet without 5tuple and RTP header and with the reduced RTP header by using U-plane via S-GW and eNB to UE. ROHC in UE and eNB is deactivated.
25.	UE/non-MMTEL replaces the reduced RTP header with the RTP header as is described in clauses 6.29.1.3 and 6.29.1.5 and adds 5tuple as is described in clause 6.29.1.2.
26.	UE/non-MMTEL sends the voice media packet to UE/MMTEL.
27.	UE/MMTEL processes the voice media packet.
[bookmark: _Toc215123043]6.29.2.2.2	Option 2: IMS AGW instead of P-GW performs the RTP header handling
Steps of Figure 6.29.2.2.1-1 are applied with the following modifications.
2.	SDP offer additionally contains an offer for the use of the reduced RTP header, which may be expressed as a=tcap:1 reducedRTP/AVP, a=pcfg:1 t=1. (reducedRTP/AVP is a new name for a profile)
6.	P-CSCF additionally configures IMS AGW. P-CSCF does not send the RTP description to PCRF but sends it to IMS AGW. IMS AGW stores the RTP description.
8.	PCRF does not send the RTP description to P-GW.
10.	P-GW does not store the RTP description.
11.	SDP answer additionally contains an answer for the use of the reduced RTP header, which may be expressed as a=acfg:1.
20.	P-GW does not change the reduced RTP header.
21.	In addition, IMS AGW replaces the reduced RTP header with the RTP header as is described in clauses 6.29.1.3 and 6.29.1.4.
22.	Before sending, IMS AGW replaces the RTP header with the reduced RTP header as is described in clauses 6.29.1.3 and 6.29.1.4.
23.	P-GW does not change the reduced RTP header.
[bookmark: _Toc215123044]6.29.3	Impacts to Services, Entities and Interfaces
UE, for Voice media packet handling:
-	Handling of new indicators "CN header handling request" and "CN header handling accepted".
-	Handling of 5tuple and RTP header (i.e. removal and addition of 5tuple, transformation between RTP header and reduced RTP header) by deriving a new information "RTP description" and Flow description from SDP and using them.
-	Derivation of TFT based on Flow description.
-	Deactivation of RTCP.
-	[For Option 2] Handling offer/answer in SDP for the use of the reduced RTP header.
MME, for Voice media packet handling:
-	Request to eNB to deactivate ROHC based on a new flag PHC (Prohibit Header Compression)=1 received from S-GW.
P-GW, for Voice media packet handling:
-	Handling of new indicators "CN header handling request" and "CN header handling accepted".
-	Handling of a new flag PHC (Prohibit Header Compression).
-	Handling of 5tuple (i.e. removal and addition of 5tuple) by using Flow description.
-	[For Option 1] Handling of RTP header (i.e., transformation between RTP header and reduced RTP header) by receiving a new information "RTP description" from PCRF and using it.
PCRF, for Voice media packet handling:
-	[For Option 1] Forwarding a new information "RTP description" to P-GW.
P-CSCF, for Voice media packet handling:
-	[For Option 1] Deriving and sending a new information "RTP description" to PCRF.
-	[For Option 2] Deriving and sending a new information "RTP description" to IMS AGW.
-	[For Option 2] Handling offer/answer in SDP for the use of the reduced RTP header.
IMS AGW, for Voice media packet handling:
-	[For Option 2] Handling of RTP header (i.e. transformation between RTP header and reduced RTP header) by receiving a new information "RTP description" from P-CSCF and using it.
UE, for coexistence of CP bearer and UP bearer:
-	Activating UP bearer as well when only CP bearer has pending data.
-	A new indication "CP/UP bearers supported" in UE network capability.
-	Potentially a new indication to indicate UE's preference of CP/UP bearer usage.
MME, for coexistence of CP bearer and UP bearer:
-	Providing S-GW with both S1-U eNB TEID and S11-U MME TEID when UE transitions from the idle mode to the connected mode.
-	Sending to S-GW a new indication "Both S1-U and S11-U release indication" in Release Access Bearers Request when UE transitions from the connected mode to the idle mode.
-	A new indication "CP/UP bearers supported" in EPS network feature support..
-	A new indication to S-GW "CP/UP bearers in a PDN connection indication".
S-GW, for coexistence of CP bearer and UP bearer:
-	Recognizing a new indication "Both S1-U and S11-U release indication" in Release Access Bearers Request and releasing both TEIDs.
-	A new indication received from MME and sent to P-GW "CP/UP bearers in a PDN connection indication".
P-GW, for coexistence of CP bearer and UP bearer:
-	A new indication received from S-GW "CP/UP bearers in a PDN connection indication".
[bookmark: _Toc195603249][bookmark: _Toc215123045][bookmark: _Toc22214914][bookmark: _Toc23254047][bookmark: _Toc146636846]7	Interim Agreements
[bookmark: _Toc215123046]7.1	Agreed Principles
[bookmark: _Toc215123047]7.1.1	Agreed principles for KI#5 of UE-SAT-UE communication via UPF only onboard satellite for non-IMS services
To supports KI#5 of UE-SAT-UE communication via UPF only onboard satellite for non-IMS services, the following principles are concluded:
Principle 1: The existing R18 mechanism (Local switch for UE-to-UE communications via UPF deployed on GEO satellite) can be reused to trigger UE-SAT-UE communication, select UPF(s) onboard satellite(s) and establish UE-SAT-UE communication via UPF(s) only onboard NGSO satellite(s).
Principle 2: The following existing 5G VN features apply for KI#5:
-	A single SMF or a single SMF set is supported.
-	The UEs are in the same 5G VN group.
-	Local switch within UPF on-board satellite, N6 and N19 tunnel between UPFs on-board different satellites are supported.
-	Both IP PDU Session type and Ethernet PDU Session type are supported.
-	Only unicast UE-SAT-UE communication is supported.
Principle 3: The SMF determines whether to continue or to fall back the UE-SAT-UE communication due to serving satellite change, based on the information about the availability of ISL(s) between satellites serving the UEs as well as the 5G VN group supporting UE-SAT-UE communication. How SMF gets the information is per implementation, e.g. based on UPF report or from transport network via a proprietary interface.
Principle 4: PSA UPF on ground and UL CL/BP/local PSA UPF onboard satellite is supported as baseline. To support service continuity, the following apply:
-	For the UE-SAT-UE communication continuity case, the SMF reuses existing procedures for Simultaneous change of Branching Point or UL CL and additional PSA for a PDU Session as described in clause 4.3.5.7 of TS 23.502 [3] for the UE.
-	For the ground fallback case the SMF coordinates existing procedures at both UEs for Removal of additional PDU Session Anchor and Branching Point or UL CL as described in clause 4.3.5.5 of TS 23.502 [3]. The SMF firstly removes UL CL/L-UPF of peer UE and configure PDR&FAR and N6/N19 routing in ground PSA UPF(s) (if two UEs are using different PSA UPFs) during the satellite handover of local UE, then removes UL CL/L-UPF of local UE after satellite handover of local UE.
Principle 5: For PSA UPF on satellite, SSC mode 2 or 3 can be used to support service continuity. It is assumed that all the 5G VN group members are accessing NTN (no DN connectivity while UE-Sat-UE with PSA UPF).
[bookmark: _Toc215123048]8	Conclusions
Editor's note:	This clause will list conclusions that have been agreed during the course of the study item activities.

[bookmark: _Toc215123049]8.1	Interim conclusions for Key Issue #1
Editor's note:	Other interim conclusions for Key Issue#1 are FFS.
The following interim conclusions for Key Issue #1 Support of IMS voice call over NB-IoT via GEO satellite connecting to EPC are made:
-	For the transport mechanism of voice packets over the NB-IoT (GEO) user plane:
a)	Transport mechanism of IP packets shall be supported, use of Robust Header Compression (RoHC) is recommended for this case; and
b)	Transport mechanism of voice packets using removal and restoration of parts of RTP/UDP/IP headers in the UE and network may be supported by the UE and the network (i.e., it is optional in the UE and in the network).
-	The PDN connection type for support of IMS voice over NB-IoT NTN is always IP.
-	The UE IP address is allocated as part of the PDN connection establishment to the APN used for IMS voice, and is used by the UE towards IMS during IMS registration.
-	The destination IP address and UDP port to be used to send DL voice traffic to the UE is provided by the UE to the IMS at IMS session-related signalling. During the IMS session call setup procedure, the PDN-GW receives the destination IP address and UDP port from PCRF through IMS session setup procedure.
-	For "non-IP" mechanism to transport voice packets, the following header manipulation applies:
	For downlink traffic:
-	the appropriate removal/compression of certain fields from the RTP headers is performed in Access GW that is part of IMS. This modified RTP header with voice data is carried between Access GW and PDN GW using UDP/IP transport. The destination UDP/IP is the same as UE provided IP and UDP port for the call session;
-	UDP/IP headers of voice traffic are removed in PDN GW;
-	UE restores the earlier removed/compressed fields of RTP/ UDP/IP headers using UE internal logic.
	For uplink traffic:
-	UE removes/compresses the appropriate fields from the RTP header and removes UDP/IP headers using UE internal logic;
-	The UDP/IP headers of voice traffic are restored in PDN GW. This restoration is based on the UDP/IP address of the AGW resource and the UDP/IP address of the UE allocated during call setup. The destination UDP/IP addresses are received from PCRF during call setup;
-	The earlier removed/compressed fields in RTP header are restored in the Access GW that is part of IMS.
-	These conclusions assume no support for multi-party calls and a single UDP flow between PDN GW and Access GW per UE.
Editor's note:	Whether more than one IMS voice calls and support for DTMF is required for IMS voice over NB-IoT NTN is FFS (see S2-2507577).
-	Each non-IP datagram exchanged over the PDN connection corresponds to one and only one IP packet on the data network.
Editor's note:	How RAN will disable RoHC in order to transport non-IP datagram over NB-IoT NTN is FFS.
NOTE:	Which RTP headers are removed/compressed will be decided by SA4 but it needs to adapt to the above non-IP mechanism defined by SA WG2.
Editor's note:	How the support and use of "non-IP" mechanism is negotiated between the UE and network is FFS.
[bookmark: _Toc215123050]8.2	Conclusions for Key Issue #1
Editor's note:	Other conclusions for Key Issue#1 are FFS.
The following conclusions for Key Issue #1 Support of IMS voice call over NB-IoT via GEO satellite connecting to EPC are made:
-	The voice packets shall be transported over the NB-IoT (GEO) user plane, i.e. using DRB and S1-U.
-	The IMS signalling shall be transported over the NB-IoT (GEO) user plane, i.e. using DRB and S1-U.
-	A single PDN connection shall be used to transport both IMS signalling and IMS voice.
-	The IMS signalling shall be transported using IP packets.
-	The MME provides the IMS voice over PS Session Supported Indication as described in TS 23.401 [5] clause 5.16.3.2, also taking the subscription information into account.
- 	IMS signalling is carried over the default bearer of the IMS PDN Connection and IMS voice is carried over a dedicated bearer of the IMS PDN Connection.
NOTE 1:	Further work on QoS characteristics for default bearer and dedicated bearer can be done during normative work, in coordination with RAN WGs.
-	For the transport mechanism of voice packets over the NB-IoT (GEO) user plane:
a)	Transport mechanism of IP packets shall be supported, use of Robust Header Compression (RoHC) is recommended for this case; and
b)	Transport mechanism of voice packets using removal and restoration of parts of RTP/UDP/IP headers in the UE and network may be supported by the UE and the network (i.e., it is optional in the UE and in the network).
-	The PDN connection type for support of IMS voice over NB-IoT NTN is always IP.
-	The UE IP address is allocated as part of the PDN connection establishment to the APN used for IMS voice, and is used by the UE towards IMS during IMS registration.
-	The destination IP address and UDP port to be used to send DL voice traffic to the UE is provided by the UE to the IMS at IMS session-related signalling. During the IMS session call setup procedure, the PDN-GW receives the DL destination IP address and UDP port from PCRF through IMS session setup procedure.
-	For "non-IP" mechanism to transport voice packets, the following header manipulation applies:
	For downlink traffic:
-	the appropriate removal/compression of certain fields from the RTP headers is performed in Access GW that is part of IMS. This modified RTP header with voice data is carried between Access GW and PDN GW using UDP/IP transport. The destination UDP/IP is the same as UE provided IP and UDP port for the call session;
-	UDP/IP headers of voice traffic are removed in PDN GW;
-	UE restores the earlier removed/compressed fields of RTP/ UDP/IP headers using UE internal logic.
	For uplink traffic:
-	UE removes/compresses the appropriate fields from the RTP header and removes UDP/IP headers using UE internal logic;
-	The UDP/IP headers of voice traffic are restored in PDN GW. This restoration is based on the UDP/IP address of the AGW resource and the UDP/IP address of the UE allocated during call setup. The destination UDP/IP addresses are received from PCRF during call setup;
-	The earlier removed/compressed fields in RTP header are restored in the Access GW that is part of IMS.
-	Support for more than one (simultaneous) IMS voice call and multi-party calls is not required in this Release and a single UDP flow between PDN GW and Access GW per UE.
NOTE 2:	The detailed restrictions of multi-party calls will be decided during the normative phase.
-	Dual-Tone Multi-Frequency (DTMF) is supported for IMS voice over NB IoT NTN and the modified RTP header has to be able to support DTMF.
-	Each non-IP datagram exchanged over the PDN connection corresponds to one and only one IP packet on the data network.
NOTE 3:	Which RTP headers are removed/compressed will be decided by SA4 but it needs to adapt to the above non-IP mechanism defined by SA WG2.
-	For "non-IP" mechanism to transport voice packets:
-	During the dedicated EPS bearer establishment procedure for IMS voice over NB IoT NTN, if PGW decides to enable "non-IP" mechanism, the PGW instructs, via SGW, the MME to indicate eNB to not enable RoHC.
NOTE 4:	How to indicate to the eNB not to enable RoHC will be determined during the normative work.
Regarding Inter RAT idle mode mobility between NB-IoT (GEO) and WB-EUTRAN:
-	Based on operator configuration and existing procedures, the IMS PDN Connection is released when there is Inter-RAT idle mode mobility between NB-IoT (GEO) and WB-EUTRAN. This can be based on the existing "PDN continuity at inter RAT mobility" parameter in the per-APN subscription data in HSS.
NOTE 5: 	The above bullet implies no protocol impacts.
The support of "non-IP" mechanism to transport voice packets is optional for UE, PGW, and AGW:
-	if a UE supports "non-IP":
-	the UE supports both "compress/restore RTP" and "remove/restore UDP/IP" when transporting voice packets over an IP PDN connection.
-	if a PGW supports "non-IP":
-	the PGW supports "remove/restore UDP/IP" over an IP PDN connection for voice traffic, based on Rx information received from P-CSCF/PCRF.
-	if an AGW supports "non-IP":
-	the AGW supports "compress/restore RTP" and uses the SDP IPs to transport voice traffic between AGW and PGW.
The use of "non-IP" mechanism is negotiated as below:
-	When accessing NB-IoT via GEO satellite, during PDN Connectivity procedure:
-	the selected P-GW and selected P-CSCF may or may not support "non-IP";
-	if the PDN Connection supports "non-IP", an indication should be sent to the UE via (e)PCO. 
-	When accessing NB-IoT via GEO satellite, during voice call session setup procedure:
-	if the PDN Connection supports "non-IP", the UE supporting "non-IP" may indicate its support of "non-IP" to the P-CSCF in a new SDP information;
-	if the UE indicates support of "non-IP", then if the P-CSCF decides to enable the use of "non-IP", the P-CSCF:
-	selects an AGW supporting "non-IP" and indicates the AGW to enable the use of "non-IP";
-	indicates the PGW to enable the use of "non-IP"; and
-	indicates, in a new SDP information, the UE supporting "non-IP" to enable the use of "non-IP".
NOTE 6:	A PLMN which wants to use "non-IP" mechanism ensures the selected PGW and selected P-CSCF both support "non-IP" by leveraging existing procedure and parameters without impacting the specification, e.g., the MME can select a PGW based on existing information (e.g., RAT Type).
NOTE 7:	Whether there is a need to indicate RAN/MME/SGW "non-IP" capability to PGW can be discussed during normative phase.
8.3	Conclusions for Key Issue #2
The following conclusions apply for KI#2:
-	In case of IMS Voice over NB-IoT (GEO) roaming scenarios, the P-CSCF and AGW serving the user can be deployed either in HPLMN, using IMS home-routed roaming architecture as described in TS 23.228 [6] clause 4.15b, or in VPLMN, using IMS local-breakout roaming architecture as described in TS 23.228 [6] clause 4.15a. 
For Key Issue #2 and binary-encoded signalling the following is concluded:
-	Binary-encoded signalling is optionally supported in UE and P-CSCF and can be used for IMS call setup, modification and release procedures.  
NOTE 1:	The protocol between UE and IMS network for binary-encoded signalling will be decided by CT1.
-	When binary encoded signalling is used for call setup, modification and release, the following applies
-	The P-CSCF of the PLMN that uses binary-encoded signalling is responsible for implementing appropriate capabilities to support interworking with other IMS network function using SIP protocol as specified in TS 23.228 [6].
-	When accessing via NB-IoT (GEO), the UE performs the IMS registration procedures with the IMS network using text-based SIP. 
-	The UE indicates support for binary-encoded signalling and negotiates with the IMS network during the IMS Registration procedure.
-	To ensure protection of signalling (either text-based SIP or binary-based signalling) the current security mechanism for Gm is retained. 
NOTE 2: 	Coordinate with SA3 on this last aspect is needed.
For Key Issue #2 and text based SIP signalling the following is concluded:
-	Text based SIP signalling support is mandatory in the UE and IMS
-	Compliance to RFC 3261 [18] shall be maintained for all SIP messages towards the remote party
-	Text-based SIP signalling transmission shall be based on IP/UDP.
-	When registering to IMS, the UE uses existing procedures specified in TS 23.228 [6]
-	For the reduction of SIP message size it is agreed that
-	SigComp [20] may be used; 
-	SDP fields which are static and not mandatory such as attribute for media session for IMS voice call over NB-IoT(GEO) are omitted from the SDP exchanged over NB-IoT(GEO) and restored based on the pre-defined values.
NOTE 3: Mandatory SDP fields are formatted in compliance to RFC 4566 [19].
NOTE 4: SDP fields that can be omitted and their pre-defined SDP value will be defined by SA4.
-	For the reduction of call setup time it is concluded to: 
-	adopt a call setup procedure without pre-condition; and
-	use a B2BUA to support interoperation with IMS peers.
NOTE 5: The Stage 3 details of optimised text based SIP signalling will be defined by CT1.
[bookmark: _Toc212177228]8.4	Conclusions for Key Issue #3 
The following conclusions for Key Issue #3 Support of IMS emergency call over NB-IoT NTN via GEO satellite connecting to EPC are made: 
-	For aspects related to transport of voice packets (IP vs. non-IP) and selection of IMS signalling protocol (text-based or binary) used for IMS emergency calls over NB-IoT NTN via GEO satellite connecting to EPC see the conclusions for Key Issue #1 and #2 in clauses 8.2 and 8.X, respectively.-	For aspects related to location support for IMS emergency calls over NB-IoT NTN see the conclusions for Key Issue #4 in clause 8.5.
-	The MME indicates support for IMS emergency services in NAS Attach and TAU procedures. Optionally, the MME can trigger UE location verification as in TS 23.401 [5] clause 4.13.4 in case the MME may serve different PLMNs of different countries or a PLMN serving international areas (e.g. MCC 901). The NB-IoT cell of the GEO satellite shall be able to indicate support for emergency services in its broadcast information. Whether this support is indicated per cell (as in TN E-UTRAN) or per PLMN, is to be discussed and decided during the normative phase in collaboration with SA1 and RAN2.
-	The domain selection for IMS emergency calls over NB-IoT can follow the same logic as of Annex H in TS 23.167 [7] and additional details can eventually be added. 
-	Existing mechanisms for the provision of emergency numbers as defined in TS 23.167 [7] for TN E-UTRA/EPS can be used if there is confidence that the cell is location specific. Optionally, the MME can trigger UE location verification as in TS 23.401 [5] clause 4.13.4 in case the MME may serve different PLMNs of different countries or a PLMN serving international areas (e.g. MCC 901).
-	Existing procedures for IMS detectable/non-detectable emergency calls defined in TS 23.167 [7] are followed.
8.5	Conclusions for Key Issue #4 
For the provision of location service for IMS emergency call and regulatory services over NB-IoT NTN (Key Issue #4) the following existing mechanisms are re-used:
-	The UE shall include the location information in the request to establish an emergency session. The location information may consist of network location information, that is the Location Identifier and/or the Geographical location information.
NOTE 1:	It is expected that the UE sends a SIP INVITE including its location information in the PIDF‑LO XML format, specifying an accuracy level represented as either a circular or elliptical area within which the UE is located with a certain confidence level (typically 90%). Additionally, altitude information may be required. The specific Information Elements (IEs) and parameters are already supported in TS 24.229 [16].
-	The IMS Core may retrieve the required UE location information from GMLC/LRF.
NOTE 2:	The GMLC/LRF may use existing procedures defined in TS 23.167 [7], TS 23.271 [26] and TS 23.401 [5] to obtain a location via an MME if the GMLC/LRF does not have the UE location.
8.6	Conclusions for Key Issue #5
To supports KI#5 of UE-SAT-UE communication via UPF only onboard satellite for non-IMS services, the following principles are concluded:
Principle 1: The existing R18 mechanism (Local switch for UE-to-UE communications via UPF deployed on GEO satellite) can be reused to trigger UE-SAT-UE communication, select UPF(s) onboard satellite(s) and establish UE-SAT-UE communication via UPF(s) only onboard NGSO satellite(s).
Principle 2: The following existing 5G VN features apply for KI#5:
-	A single SMF or a single SMF set is supported.
-	The UEs are in the same 5G VN group.
-	Local switch within UPF on-board satellite, N6 and N19 tunnel between UPFs on-board different satellites are supported.
-	Both IP PDU Session type and Ethernet PDU Session type are supported.
-	Only unicast UE-SAT-UE communication is supported.
Principle 3: The SMF determines whether to continue or to fall back the UE-SAT-UE communication due to serving satellite change, based on the information about the availability of ISL(s) between satellites serving the UEs as well as the 5G VN group supporting UE-SAT-UE communication. How SMF gets the information is per implementation, e.g. based on UPF report or from transport network via a proprietary interface.
Principle 4: PSA UPF on ground and UL CL/BP/local PSA UPF onboard satellite is supported as baseline. To support service continuity, the following apply:
-	For the UE-SAT-UE communication continuity case, the SMF reuses existing procedures for Simultaneous change of Branching Point or UL CL and additional PSA for a PDU Session as described in clause 4.3.5.7 of TS 23.502 [3] for the UE.
-	For the ground fallback case the SMF coordinates existing procedures at both UEs for Removal of additional PDU Session Anchor and Branching Point or UL CL as described in clause 4.3.5.5 of TS 23.502 [3]. The SMF firstly removes UL CL/L-UPF of peer UE and configure PDR&FAR and N6/N19 routing in ground PSA UPF(s) (if two UEs are using different PSA UPFs) during the satellite handover of local UE, then removes UL CL/L-UPF of local UE after satellite handover of local UE. 
Principle 5: For PSA UPF on satellite, SSC mode 2 or 3 can be used to support service continuity. It is assumed that all the 5G VN group members are accessing NTN (no DN connectivity while UE-Sat-UE with PSA UPF).
Principle 6: Either for UL CL/BP/local PSA UPF onboard satellite or PSA UPF on satellite case, the UL CL/BP/local PSA UPF or PSA UPF and gNB are onboard the same satellite to enable UE-satellite-UE communication for non-IMS service.
The Normative phase will take into account the above listed principles for the adaptation of the relevant Technical Specifications.
[bookmark: _Toc215123051]Annex A:
Methodology for estimating call setup time
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[bookmark: _Toc215123053]A.1.1	General
To ensure consistency in evaluating solutions based on estimated call setup time, solutions for evaluation must adhere to a standardized baseline methodology for calculating the estimated call setup time. This requirement enables direct comparison of latency performance across competing solutions through quantitative analysis.
The following is the example formula for calculation of estimated call setup time (ECST) from satellite to terrestrial, based on ideal radio circumstance (e.g. no retrying and retransmission, no segmentation, etc.) and no simultaneous transmission for multiple signals:
	
The following is the example formula for calculation of estimated call setup time (ECST) from satellite to satellite based on the same condition as above:
	
Wherein,  is the estimated time of state transition from RRC-IDLE to RRC-CONNECTED (including paging for MT);  is the estimated delay of IMS procedure for call setup;  is the estimated delay of EPS procedure for call setup. The parameter  is the transmission and propgation delay considering terristrial side, half of VoLTE (4-5s based on experience), 2.5s is assumed.
[bookmark: _Toc215123054]A.1.2	Estimated time of IMS procedure for call setup
The following is the formula for calculation of estimated time for IMS signalling exchange:
	
NOTE 1:	It needs to be multiplied by 3 for sending an UL signalling considering 2 additional signalling for uplink resource scheduling.
NOTE 2:	For solution addressing Key Issue #2,  can be used for evaluation.
Wherein, variable  is the size of IMS signalling, e.g. SIP or I1 message; variable  is the size of protocol overhead (typically UDP/IP/PDCP/RLC/MAC) that carrying IMS signalling, typical value is 52 Bytes (UDP/IPv6 used); variable  is the transmission rate; variable  and  are the number of UL and DL IMS messages respectively.
The parameter  is 0.28s according to clause 7.4.1 of TS 22.261 [8].
[bookmark: _Toc215123055]A.1.3	Estimated time of EPS procedure during call setup
	
Wherein, variable  is the size of EPS signalling, e.g. RRC signalling for bearer resource reservation; variable  is the size of protocol overhead (i.e. PDCP/RLC/MAC) that carrying EPS signalling; variable  and  are the number of UL and DL EPS messages respectively.
[bookmark: _Toc215123056]A.1.4	Estimated time of state transition
Editor's note:	The formula for calculating estimated time for state transition from RRC-IDLE to RRC-CONNECTED and estimated time for paging MT UE is FFS.

[bookmark: _Toc215123057]A.2	Example message size and corresponding transmission delay for SIP messages in IMS
Figure A.2-1 shows the typical IMS mobile call processing in TN scenario:

Figure A.2-1: IMS mobile call processing in TN scenario
Table A.2-1 shows the example SIP signalling size and corresponding transmission delay:
Table A.2-1: Example SIP message size and corresponding transmission delay in 1kbps
	Sequence
	Message Name
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	1
	INVITE
	2,564 (+52)
	20.93

	2
	100 Trying
	445 (+52)
	3.98

	3
	183 Progressing
	1,705 (+52)
	14.06

	4
	PRACK
	1,054 (+52)
	8.85

	5
	200 OK (PRACK)
	726 (+52)
	6.22

	6
	UPDATE
	1,929 (+52)
	15.85

	7
	200 OK (UPDATE)
	1,494 (+52)
	12.37

	8
	180 Ringing
	983 (+52)
	8.28

	9
	200 OK (INVITE)
	1,365 (+52)
	11.34

	10
	ACK
	840 (+52)
	7.14



Table A.2-2 shows the example EPS signalling size and corresponding transmission delay during the call setup:
Table A.2-2: Example EPS message size and corresponding transmission delay in 1kbps
	Sequence
	Message Name
	Direction
	Message Size (B) (proportional)
	Transmission Delay (s) in 1kbps

	a.1
	RRCConnectionReconfiguration
	DL
	92 (+5)
	0.78

	a.2
	RRCConnectionReconfigurationComplete
	UL
	2 (+5)
	0.06



[bookmark: _Toc215123058]A.3	Example message size and corresponding transmission delay for I1 messages in IMS
Based on TS 24.294 [14], Figure A.3-1 shows the typical MO call flow using I1 messages for IMS service control:


Figure A.3-1: IMS MO call flow using I1 messages
Based on TS 24.294 [14], Figure A.3-2 shows the typical MT call flow using I1 messages for IMS service control:


Figure A.3-2: IMS MT call flow using I1 messages
Table A.3-1 shows the example I1 message size and corresponding transmission delay, assuming a bandwidth of 1kbps transmission and pre-configured media codec:
Table A.3-1: Example I1 message size and corresponding transmission delay in 1kbps
	Sequence
	Message Name
	Message Size (B) 
	Transmission Delay (s) in 1kbps

	1
	I1 INVITE
	36
	0.288

	2
	I1 Progress (Call Progressing)
	15
	0.120

	3
	I1 Progress (Ringing)
	15
	0.120

	4
	I1 SUCCESS
	7
	0.056

	5
	I1 Notify
	7
	0.056

	6
	I1 BYE
	7
	0.056





[bookmark: _Toc215123059]Annex B:
Mandatory parameters for SIP and SDP
According to clauses 20 and 20.1 of IETF RFC 3261 [18], the following header fields are mandatory for SIP messages considering UDP transport protocol is used:
Table B-1
	Header field
	where
	ACK
	BYE
	CAN
	INV
	OPT
	REG

	Call-ID (i)
	c(1)
	m
	m
	m
	m
	m
	m

	Contact (m)
	R
	o
	-
	-
	m
	o
	o

	Contact (m)
	2xx
	-
	-
	-
	m
	o
	o

	Content-Type (c) (NOTE)
	
	*
	*
	-
	*
	*
	*

	CSeq
	c(1)
	m
	m
	m
	m
	m
	m

	From (f)
	c(1)
	m
	m
	m
	m
	m
	m

	Max-Forwards
	R
	m
	m
	m
	m
	m
	m

	To (t)
	c(2)
	m
	m
	m
	m
	m
	m

	Via (v)
	R
	m
	m
	m
	m
	m
	m

	Via (v)
	rc(1)
	m
	m
	m
	m
	m
	m

	(1):	Header field is copied from the request to the response.
(2):	Copied from the request to the response with possible addition of tag.



Some header fields (e.g. Allow, Supported) are recommended to be included in SIP messages related to call setup (e.g. INVITE request, 2xx response), but in voice over NBIoT (GEO) scenario, the minimal parameters of those header fields can be required to avoid negotiation of them.
The Content-Length header field is required when stream-based protocol (such as TCP) is used as a transport.
According to IETF RFC 4566 [19], following type lines are mandatory for SDP:
	v= (protocol version).
	o= (originator and session identifier).
	s= (session name).
	c= (connection information).
	t= (time the session is active).
	m= (media name and transport address).
	a=* (zero or more media attribute lines).
NOTE:	Although "a=" line is optional, but it is necessary for audio media type. The "c=" line is included in all media or at session level.
According to IETF RFC 3261 [18]: "initial Request-URI of the message SHOULD be set to the value of the URI in the To field", generally the value of To header field is duplicated with the value of Request-URI.
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