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Abstract of the contribution: The contribution proposes a solution for call setup based on extended I1 protocol.
1. Discussion
This solution proposes to use extended I1 message over IP/UDP between UE and AS for call setup signaling.
2. Proposal
It is proposed to update the following contents in TR 23.700-19.

* * * First of Change * * * *

6.0
Mapping of Solutions to Key Issues

Table 6.0-1: Mapping of Solutions to Key Issues
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* * * Third of Change * * * * (all new text)
6.X
Solution #X: Using extended I1 over IP/UDP between UE and AS for call setup signalling
6.X.0
High level 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’s 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.

6.X.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.
6.X.2
Procedures

6.X.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 messges 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.


6.X.2.2
Mobile originating
The following figure depicts the mobile originating procedure in the NB-IoT (GEO) scenario using extended I1.
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Figure 6.X.2.2-1: Mobile originating procedure
0.
UE performs IMS registration procedure as described in clause 6.X.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.
	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 dependes 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. 

	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 determing 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.

6.X.2.3
Mobile terminating
The following figure depicts the mobile terminating procedure in the NB-IoT (GEO) scenario using extended I1.
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Figure 6.X.2.3-1: Mobile terminating procedure
0.
UE performs IMS registration procedure as described in clause 6.X.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.

	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 dependes 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.

	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 determing 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.































6.X.2.4
Information for call setup time evaluation-
The following estimation is based on I1 message over AS/IPSec/UDP with following asumptions:

-
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 proctection deactivated.

-
One of AES algorithm variants‌ is applied for confidentiality proctection (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:

	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:

	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.
6.X.3
Impacts to 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 determing 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.
* * * End of Change * * * * 
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