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Discussion

According to TS 23.216, the MME/SGSN identifies a voice bearer for IMS telephony by the QCI value; only QCI=1 is used for bi-directional speech media. SRVCC supports also multiple audio streams are multiplexed on a single QCI=1 bearer. It can be noted that GSMA PRD IR.92 supports only one QCI=1 bearer and hence multiple audio streams need to be multiplexed. 

In the vSRVCC study the question needs to be answered on how the MME/SGSN can identify an IMS video call, i.e., can identify that the session to be transferred is an IMS session with both bidirectional speech and synchronized video. 
One principle possibility is to use as well the QCI values of the video bearer; hence this is discussed in more detailed in the following. 
The following table has been copied from TS 23.203, clause 6.1.7. 2. It shows conversational video (Live Streaming) as an example for QCI=2. 

Table 6.1.7: Standardized QCI characteristics

	QCI
	Resource Type
	Priority
	Packet Delay Budget (NOTE 1)
	Packet Error Loss

Rate (NOTE 2)
	Example Services

	1
(NOTE 3)
	
	2
	100 ms
	10-2
	Conversational Voice

	2
(NOTE 3)
	
GBR
	4
	150 ms
	10-3
	Conversational Video (Live Streaming)

	3
(NOTE 3)
	
	3
	50 ms
	10-3
	Real Time Gaming

	4
(NOTE 3)
	
	5
	300 ms
	10-6
	Non-Conversational Video (Buffered Streaming)

	5
(NOTE 3)
	
	1
	100 ms
	10-6
	IMS Signalling

	6
(NOTE 4)
	
	
6
	
300 ms
	
10-6
	Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive video, etc.)

	7
(NOTE 3)
	Non-GBR
	
7
	
100 ms
	
10-3
	Voice,
Video (Live Streaming)
Interactive Gaming

	8
(NOTE 5)
	
	
8
	

300 ms
	

10-6
	
Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file 

	9
(NOTE 6)
	
	9
	
	
	sharing, progressive video, etc.)

	NOTE 1:
A delay of 20 ms for the delay between a PCEF and a radio base station should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface. This delay is the average between the case where the PCEF is located "close" to the radio base station (roughly 10 ms) and the case where the PCEF is located "far" from the radio base station, e.g. in case of roaming with home routed traffic (the one-way packet delay between Europe and the US west coast is roughly 50 ms). The average takes into account that roaming is a less typical scenario. It is expected that subtracting this average delay of 20 ms from a given PDB will lead to desired end-to-end performance in most typical cases. Also, note that the PDB defines an upper bound. Actual packet delays - in particular for GBR traffic - should typically be lower than the PDB specified for a QCI as long as the UE has sufficient radio channel quality.

NOTE 2:
The rate of non congestion related packet losses that may occur between a radio base station and a PCEF should be regarded to be negligible. A PELR value specified for a standardized QCI therefore applies completely to the radio interface between a UE and radio base station.

NOTE 3:
This QCI is typically associated with an operator controlled service, i.e., a service where the SDF aggregate's uplink / downlink packet filters are known at the point in time when the SDF aggregate is authorized. In case of E-UTRAN this is the point in time when a corresponding dedicated EPS bearer is established / modified.

NOTE 4:
This QCI could be used for prioritization of specific services according to operator configuration.

NOTE 5:
This QCI could be used for a dedicated "premium bearer" (e.g. associated with premium content) for any subscriber / subscriber group. Also in this case, the SDF aggregate's uplink / downlink packet filters are known at the point in time when the SDF aggregate is authorized. Alternatively, this QCI could be used for the default bearer of a UE/PDN for "premium subscribers".

NOTE 6:
This QCI is typically used for the default bearer of a UE/PDN for non privileged subscribers. Note that AMBR can be used as a "tool" to provide subscriber differentiation between subscriber groups connected to the same PDN with the same QCI on the default bearer.


The following table of QCI values and their mapping to pre-Rel 8 QoS parameter values has been copied from TS 23.401:
Table E.3: Mapping between standardized QCIs and pre-Rel-8 QoS parameter values

	QCI
	Traffic
Class
	Traffic
Handling
Priority
	Signalling
Indication
	Source
Statistics
Descriptor

	1
	Conversational
	N/A
	N/A
	Speech

	2
	Conversational
	N/A
	N/A
	Unknown (NOTE 1)

	3
	Conversational
	N/A
	N/A
	Unknown (NOTE 2)

	4
	Streaming
	N/A
	N/A
	Unknown (NOTE 3)

	5
	Interactive
	1
	Yes
	N/A

	6
	Interactive
	1
	No
	N/A

	7
	Interactive
	2
	No
	N/A

	8
	Interactive
	3
	No
	N/A

	9
	Background
	N/A
	N/A
	N/A

	NOTE°1:
When QCI 2 is mapped to pre-Rel-8 QoS parameter values, the Transfer Delay parameter is set to 150 ms. When pre-Rel-8 QoS parameter values are mapped to a QCI, QCI 2 is used for conversational/unknown if the Transfer Delay parameter is greater or equal to 150 ms.

NOTE°2:
When QCI 3 is mapped to pre-Rel-8 QoS parameter values, the Transfer Delay parameter is set to 80 ms as the lowest possible value, according to TS 23.107 [14]. When pre-Rel-8 QoS parameter values are mapped to a QCI, QCI 3 is used for conversational/unknown if the Transfer Delay parameter is lower than 150 ms.

NOTE 3:
When QCI 4 is mapped to pre-Rel-8 QoS parameter values, it is mapped to Streaming/Unknown. When pre-Rel-8 QoS parameter values are mapped to a QCI, Streaming/Unknown and Streaming/Speech are both mapped to QCI 4.


Besides QCI=1, there are three more GBR bearers, namely QCI=2, QCI=3 and QCI=4, however, only QCI=2 is listed in Table 6.1.7 for conversational video media.  QCI=3 can have a very low delay, and hence is recommended for (operator-controlled) real-time gaming. QCI=4 is recommended for buffered streaming. It needs to be noted that Table 6.1.7 from TS 23.203 only provides example services.
While QCI=2 can be used for video portion of an IMS video call it is also suitable for other services. Hence either it needs to be specified that both QCI=1 and QCI=2 bearers need to be present and are only used for IMS video call or it seems to be impossible for the MME or SGSN to use QCI=1 and QCI=2 as a criteria to identify an IMS video call. 
However, even if both QCI=1 and QCI=2 are present and can be identified as belonging to the same IMS video call session (denoted in the following as session A), the user might have another QCI=1 bearer for an IMS voice session (denoted in the following as session B). The MME needs then to decide whether to trigger an SRVCC for voice only for session B or to trigger SRVCC for video call for session A. Following the principle as documented in TS 23.237  that the active session shall be transferred first, followed by the held session (the later only if possible), then the MME would have to know which of session A and B is the active one. This information is not available to the MME and hence the MME could only decide to trigger an SRVCC for video call in case only one QCI=1 bearer is present.

The previous scenario of session A and session B can be further complicated in case the audio media of both session is multiplex in one QCI=1 bearer. The MME does not know that multiple IMS telephony sessions are ongoing. Even if it would be informed, e.g., by PCC, that there are session A and session B, only one of which is an IMS video call, the MME would not be aware which of the two is the active one.
Proposal

It is proposed to discuss whether the combination of QCI=1 and QCI=2 (or any other QCI value) can be used to determine an IMS video call. If it is agreed that these QCI values cannot be used for such a determination, then the following change is proposed to be included into TR 23.xyz:
Begin Change – New Clause
6.X
Key issue X: Detection of video call in MME

It is not possible for the MME to reliably differentiate between the cases that the currently ongoing session is an IMS session only with bidirectional speech media or an IMS session with bi-directional speech and synchronised video media. Hence the MME can only indicate SRVCC for bi-directional speech media to the MSC Server.
End Change
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