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1 Introduction

In RAN#71, a study item on enhancement of VoLTE has been approved [1]. The objective of the study item is to investigate the potential RAN enhancements to:

· enable VoLTE/video codec mode and codec rate selection and change over E-UTRA;

· improve the VoLTE/video quality perceived by the user by reducing packet loss or allowing the use of higher codec rate;

· prioritize VoLTE/video access and/or VoLTE/video related signalling and reduce call drop probability;

In this contribution a proposed interaction of RAN in the codec mode and rate selection is presented in detail for a number of use cases.
2 Discussion
The use cases for RAN interaction with the application layer for codec rate selection and adaptation are presented in Section 5.3.2 of the latest draft of TR 36.750 [2]. In the following section, a solution for eNB-to-UE interaction based on the use cases is described. 
In addition to the described solution for the use cases in Section 5.3.2 [2], a description is provided in Section 2.2 on how mechanisms introduced for these use cases may be used by RAN to assist the application layer for selecting an appropriate codec bit rate at call set-up. Section 2.3 describes how mechanisms may be used by RAN to assist the application layer if a video media stream were to be added to an on going voice call.

Since RAN and the application layer are loosely coupled, the details on application layer signalling are omitted and only described on a high level. Details on the realization of the application layer signalling and media flow are described in 3GPP TS 26.114 [3]. 
2.1 Use cases for in-call rate adaptation

For in-call rate adaptation, it is proposed that the RAN-to-application layer interactions are performed only on the local link outlined as follows. The end-to-end usage of this RAN information is proposed to be provided by the existing application layer protocols. For this RAN2 study item, we propose that it is sufficient to show that it is feasible to use this information in an end-to-end context for obtaining the desired goal of service.

The described use cases are equally applicable to both voice media in VoLTE and individual voice and video media in ViLTE (Video over LTE). The differences mainly originate from the application layer protocols used for the end-to-end rate adaptation.

In the sequence diagrams, the step “UE E2E decision” may result in that the subsequent steps are not executed due to e.g. constraints imposed by the end-to-end service definition or application layer media adaptation.
2.1.1 Uplink codec rate decrease
Figure 1 describes how local RAN may interact with the application layer for decreasing the codec rate on the local uplink in an on-going call.

This sequence diagram follows the sequence diagram of the use case 5.3.2.1-1 in [2].
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Figure 1: Uplink codec rate decrease.
Step 0: On going call with UE-1 send media rate R0.
Step 1: eNB-1 determines to recommend UE-1 to decrease the codec bit rate due to e.g. poor radio condition or network congestion detected in uplink transmission direction.
Step 2: eNB-1 sends a message with a recommended codec bit rate to UE-1 for its uplink transmission.
Step 3: UE-1 takes the recommended bit rate as one input to adapt the codec bit rate on its uplink transmission direction.

Step 4: For video UE-1 sends an RTCP TMMBN message to UE-2 to notify the changed codec bit rate.
Step 5: UE-1 send bit rate is equal to R1 < R0.
2.1.2 Downlink codec rate decrease

Figure 2 describes how RAN may interact with the application layer for lowering the codec rate on the downlink in an on-going call.

This sequence diagram follows the sequence diagram of the use case 5.3.2.2-1 in [2].
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Figure 2: Downlink codec rate decrease.
Step 0: On going call with UE-2 send bit rate R0 

Step 1: eNB-1 determines to recommend UE-1 to decrease the codec rate in the downlink due to e.g. poor radio conditions or network congestion detected in downlink transmission direction.
Step 2: eNB-1 sends a message with a recommended codec bit rate to UE-1 for its downlink transmission.
Step 3: UE-1 takes the recommended bit rate as one input to adapt the codec bit rate on its downlink transmission direction.
Step 4: UE-1 sends an application layer message to UE-2 with recommended UE-2 send bit-rate. For voice this application layer message is e.g. RTP CMR and for video an RTCP TMMBR message.

Step 5: UE-2 takes the bit rate indicated in the application layer message as one input to adapt the codec bitrate on its uplink transmission direction;
Step 6: For video UE-2 sends an RTCP TMMBN message indicating to UE-1 that the codec rate is changed.

Step 7: UE-2 send bit rate is equal to R1 < R0
2.1.3 Uplink codec rate increase
Figure 3 describes how RAN may interact with the application layer for increasing the codec rate on the uplink in an on-going call. This use case covers the case when RAN has reduced the rate as described in 2.1.1 and the recommendation for a reduced codec rate is no longer applicable.  

Steps 4 to 7 in this use case may be considered optional and omitted. The rationale for these optional steps is that the conditions of the downlink of the remote connection (UE-2) may have changed significantly during the time period from the rate reduction, and increasing the rate may lead to a situation where the eNB-2 initiates a downlink rate reduction, which may cause an undesired short time fluctuation of the media rate.

This sequence diagram follows the sequence diagram of the use case 5.3.2.3-1 in [2] with the addition that Step 5 of the use case in [2] is proposed to be implemented via a UE-to-eNB query and response (Steps 5 and 6 in Figure 3).
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Figure 3: Uplink codec rate increase.
Step 0: On-going call with UE-1 send bit rate R0.

Step 1: eNB-1 determines to recommend UE-1 to increase the codec bit rate due to e.g. good radio conditions or the network congestion recovery detected in uplink transmission direction.
Step 2: eNB-1 sends a message with codec adaptation recommended bit rate to UE-1 for its uplink transmission
Step 3: UE-1 takes the recommended bit rate as one input to adapt codec bit rate on its uplink transmission direction.

Step 4 (optional): UE-1 initiates an end to end negotiation to avoid fluctuations in the codec bit rate due to changed conditions in the downlink of UE-2, UE-1 informs UE-2 on a suggested higher bit rate in the UE-2 downlink.
Step 5 (optional): UE-2 retrieves a recommended codec bit rate from eNB-2.
Step 6 (optional): eNB-2 responds to the UE-2 query on recommended bit rate on the UE-2 downlink.
Step 7 (optional): UE-2 responds to the message from UE-1 on increased downlink codec bit rate.
Step 8: For video UE-1 sends an RTCP TMMBR message to UE-2 to notify on the changed bit rate.
Step 9: UE-1 send bit rate is equal to R1 > R0. 
2.1.4 Use case for local downlink codec rate increase
Figure 4 describes how RAN may interact with the application layer for increasing the codec rate on the downlink in an on-going call. Similar to the case for increase of the rate in the uplink, Steps 6 and 7 are optional to avoid fluctuation of the media rate.

This sequence diagram follows the sequence diagram of the use case 5.3.2.4-1 in [2] with the addition that Step 6 of the use case in [2] is proposed to be implemented via a UE-to-eNB query and response (Steps 6 and 7 in Figure 4).
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Figure 4: Downlink codec rate increase.
Step 0: On going call with UE-2 send bit rate R0.
Step 1: eNB-1 determines to recommend UE-1 to increase the codec bit rate due to e.g. good radio conditions or network congestion recovery detected in uplink transmission direction.
Step 2: eNB-1 sends a message with a recommended codec bit rate R1 to UE-1 for its downlink transmission.
Step 3: UE-1 takes the recommended bit rate as one input to adapt codec bit rate on its downlink transmission direction.
Step 4: UE-1 sends an application layer message to UE-2 with recommended UE-2 send bit-rate. For voice this application layer message is e.g. RTP CMR and for video an RTCP TMMBR message.

Step 5: UE-2 takes the recommended bit rate indicated in application layer message as one input to adapt codec bit rate on its uplink transmission direction.
Step 6 (optional): UE-2 retrieves a recommended codec rate from eNB-2, which may be < R1. The viable end-to-end rate to use is thus R2 = min (R1, rate from eNB-2).

Step 7 (optional): eNB-2 responds to the UE-2 query on recommended bit-rate on the UE-2 uplink.
Step 8: For video UE-2 sends an RTCP TMMBN message indicating to UE-1 that the codec bit rate is changed.

Step 9: UE-2 send bit rate is equal to R1 > R0.
2.2 RAN assisted initial codec rate selection

Figure 5 describes how RAN may assist the application layer for selecting an appropriate codec bit rate at call set-up.

Note that since the information provided by the respective eNB’s in Steps 3 and 6 typically would reflect the short term condition on the radio link, it would not be used by the UE to limit its codec sets but to set the initial codec mode to use, i.e. reducing the need for an immediate in-call codec bit rate change.

[image: image5.png]UE-1 |eNB-1| EPC IMS EPC |eNB-2| UE-2
( 1. User initates call )
2. UL/DL rate query
L
|
3. UL/DL rate
recommendation
P
<
4. SIP call set-up procedures #1
5. UL/DL rate query
P
<
6. UL/DL rate
recommendation
[
»

7. SIP call set-up procedures #2

8. RTP media flow





Figure 5: RAN assistance for initial codec rate selection
Step 1: The user initiates the call.

Step 2: UE-1 sends a codec rate recommendation request message to eNB-1.

Step 3: eNB-1 sends a codec rate recommendation message to UE-1 as response to the request.

Step 4: UE-1 takes the codec rate recommendation as one input to compose its SDP offer and configure the initial rate of the codec
Step 5: UE-2 sends a codec rate recommendation request message to eNB-2.

Step 6: eNB-2 sends a codec rate recommendation message to UE-2 as response to the request.

Step 7: UE-2 takes the codec rate recommendation as one input to compose its SDP answer and configure the initial rate of the codec.

Step 8: RTP media flow with codec rate based on RAN recommended codec rate.
2.3 RAN assisted add video

Figure 6 describes how RAN may assist the application layer when adding a video media stream to an on-going voice call.
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Figure 6: RAN assistance in add media procedure.
Step 0: On going voice only call.

Step 1: User initiates adding video (or the application autonomously query the system if the radio conditions are sufficient for a video call) 
Step 2: UE-1 sends a codec rate recommendation request message to eNB-1.

Step 3: eNB-1 sends a codec rate recommendation message to UE-1 as a response to the request.

Step 4: UE-1 initiates the SIP add media procedure

Step 5: UE-2 sends a codec rate recommendation request message to eNB-2.

Step 6: eNB-2 sends a codec rate recommendation message to UE-2 as response to the request.

Step 7: UE-2 makes an end-to-end decision if video should be considered

Step 8: Video call is accepted

Step 9: UE-2 responds to the SIP add media and the video establishment is concluded

Step 10: Voice call is updated to a video call

2.4 Protocol used for eNB-to-UE information exchange 

Information between the eNB and the UE described in the use cases above in Sections 2.1 to 2.3 may be exchanged on difference layers, e.g. the MAC layer, the PDCP layer, and the RRC signalling level. For the PDCP layer, it is considered that the information either may be transmitted as PDCP control PDU or an application layer message injected as an IP packet at the PDCP layer (e.g. an RTCP TMMBR message or an RTCP APP message).

These four alternatives are compared in [7] and it is concluded that the most suitable layer for conveying this information is via the MAC layer as a MAC control element.
For rate recommendation from eNB to the UE, fields indicating the logical channel identity (4 bits), the uplink or downlink direction (1 bit) and an index to a table of transport bandwidths (7-11 bits) are used. An example of the information contained in a MAC CE transmitted from the eNB to the UE is described in Table 1. This includes the Logical Channel Identity (LCID) for which the rate is applicable, uplink or downlink direction, and a table with 128 elements including four reserved bits for possible extensions, e.g. extending the table.

Table 1: Example of MAC CE for eNB to UE bit rate information

	0
	1
	2
	3
	4
	5
	6
	7

	Logical Channel Identity
	UL/DL
	Table index

	Table index continued
	R
	R
	R
	R


For the UE to initiate an information exchange on the currently recommended application bit rate on an already established radio bearer, a MAC CE consisting of fields indicating the LCID for which the rate is applicable (4 bits), the uplink or downlink direction (1 bit), and an index to a table with tabulated values of the desired application bit rate (7 bits) is sufficient
For the call set-up and add media cases, there is no established quality of service class known to the eNB for the media flow. Hence the required quality of service class needs to be included in the codec rate recommendation request message sent by the UE. This is indicated via an 8-bit field using the Quality of Service Class Indicator (QCI) value of the desired media traffic flow. For this case, the logical channel identity of the default bearer is used for the LCID field in order to link the information request to a specific service, e.g. VoLTE service (GSMA PRD IR.92 [4]) which uses a default radio bearer for the IMS APN which is separate from the mobile broadband APN. The VoLTE media (and video if GSMA PRD IR.94 service is used) is then transmitted on dedicated bearers linked to the default bearer.
An example of a MAC CE for the query from the UE to the eNB is given in Table 2.

Table 2: Example of MAC CE for UE query to eNB on the recommended bit rate.
	0
	1
	2
	3
	4
	5
	6
	7

	Logical Channel Identity
	UL/DL
	Table index

	Table index continued
	R
	R
	R
	R

	Desired packet treatment


The response from the eNB to the UE may use the same MAC CE as for the rate recommendation from eNB to the UE as described above, with the reserved value 0000 for the field of the logical channel identity. Possibly the eNB may respond with a bit rate either equal, lower, or higher than the bit rate included in the query from the UE. Also, the eNB may send a response with reject for the query for a recommended bit rate. 
For the tabulated values of the bit rate, the values are proposed to be logarithmically spaced including the AMR/AMRWB/EVS codec bit rates at the low end of the scale. It is further proposed to reserve index ‘0’ for 0 Kbit/s and the index ‘1’ for indicating ‘release of previous bit rate recommendation’. An index may also be included to indicate ‘no bit rate recommendation is available’, this may also be used for rejecting a query from a UE on a recommended bit rate. An example of a table with bit rates and other information is given in Table 3.
Table 3: Example of tabulated bit rate values in Kbit/s

	Index I+16*K
	K = 0
	K = 1
	K = 2
	K = 3
	K = 4
	K = 5
	K = 6
	K = 7

	I = 0
	0

	40
	208
	464
	928
	2176
	4224
	6272

	I = 1
	Note1
	48
	224
	480
	960
	2304
	4352
	6400

	I = 2
	Note2
	56
	240
	496
	992
	2432
	4480
	6528

	I = 3
	Reserved
	64
	256
	512
	1024
	2560
	4608
	6656

	I = 4
	Reserved
	72
	272
	544
	1088
	2688
	4736
	6784

	I = 5
	Reserved
	80
	288
	576
	1152
	2816
	4864
	6912

	I = 6
	Reserved
	88
	304
	608
	1216
	2944
	4992
	7040

	I = 7
	5.2
	96
	320
	640
	1280
	3072
	5120
	7168

	I = 8
	5.9
	104
	336
	672
	1344
	3200
	5248
	7296

	I = 9
	7.2
	112
	352
	704
	1408
	3328
	5376
	7424

	I = 10
	8.0
	120
	368
	736
	1472
	3456
	5504
	7552

	I = 11
	9.6
	128
	384
	768
	1536
	3584
	5632
	7680

	I = 12
	13.2
	144
	400
	800
	1664
	3712
	5760
	7808

	I = 13
	16.4
	160
	416
	832
	1792
	3840
	5888
	7936

	I = 14
	24.4
	176
	432
	864
	1920
	3968
	6016
	8064

	I = 15
	32
	192
	448
	896
	2048
	4096
	6144
	8192


Note1: This index is used for indicating that the previous bit rate recommendation is no longer valid and no new bit rate recommendation is given.
Note2: This index is used to indicate that no bit rate recommendation is available or that the query from the UE on a recommended bit rate was rejected.
Proposal 1 Capture the text proposals in Section 3 in the TR 36.750 for the solutions described above.
3 Text Proposal to TR 36.750

3.1 Use case for RAN assisted initial codec rate selection

5.3.1 Codec mode and rate selection at call setup

This use case describes how RAN may assist the application layer in selecting a suitable codec rate at call setup. An overview of the exemplary procedure is shown in Fig. 5.3.1.1-1.
Note that since the information provided by the respective eNB’s in Steps 3 and 6 typically would reflect the short term condition on the radio link, it would not be used by the UE to limit its codec sets but to set the initial codec mode to use, i.e. reducing the need for an immediate in-call coded rate change.
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Figure 5.3.1-1: RAN assistance for initial codec rate selection
Step 1: The user initiates the call.

Step 2: UE-1 retrieves a recommended codec rate from eNB-1.

Step 3: UE-1 takes the codec rate recommendation as one input to compose its SDP offer and configure the initial rate of the media codec
Step 4: UE-2 retrieves a recommended codec rate from eNB-2. 

Step 5: UE-2 takes the codec rate recommendation as one input to compose its SDP answer and configure the initial rate of the media codec.

Step 6: RTP media flow with codec based on RAN recommended codec rate.

3.2 Use case for RAN assisted add video

5.3.3 Add video to established voice call

Figure 5.3.3-1 describes how RAN may assist the application layer when adding a video media stream to an on-going voice call.
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Figure 5.3.3-1: RAN assistance in add media procedure.

Step 0: Ongoing voice only call.

Step 1: User initiates add video (or the application autonomously query the system if the radio conditions are sufficient for a video call) 

Step 2: UE-1 retrieves a recommended codec bit rate from eNB-1.

Step 3: UE-1 initiates the SIP add media procedure

Step 4: UE-1 retrieves a recommended codec bit rate from eNB-1.

Step 5: UE-2 makes an end-to-end decision if video should be considered

Step 6: The video call is accepted

Step 7: UE-2 responds to the SIP add media and the video establishment is concluded

Step 8: The voice call is updated to a video call
3.3 MAC Layer based solution
5.4 Candidate solutions
5.4.X MAC Control Element

The UL and DL rate indication in Step 2 of the use cases in Sections 5.3.2 1 – 5.3.2.4 is proposed to be conveyed as a MAC Control Element (CE) from the eNB to the UE. The details for the use case in Section 5.3.1 are provided in Section 5.4.X.Y. 
The codec rate recommendation retrieval in Step 5 of the use case in 5.3.2.3 and Step 6 of the use case 5.3.2.4 is similarly proposed to be implemented using MAC Control Elements as a combination of a UE UL or DL rate query and a corresponding eNB rate recommendation as outlined in Figure 5.4.X-1.
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Figure 5.4.X-1: UE UL or DL rate query and a corresponding eNB rate recommendation.

In addition, these MAC Control Elements may be used to assist in the initial codec rate selection in the use case in Section 5.3.1 and also in an update of an ongoing voice call to a video call in the use case in Section 5.3.3 with Steps 2 and 4 in the use cases being implemented as a combination of a UE UL or DL rate query and a corresponding eNB rate recommendation.

For the rate recommendation from eNB to the UE, fields indicating the logical channel identity (4 bits), the uplink or downlink direction (1 bit) and an index to a table of transport bandwidths (7-11 bits) is used. An example of the information contained in a MAC CE transmitted from the eNB to the UE is described in Table 5.4.X-1. This includes the Logical Channel Identity (LCID) for which the rate is applicable, uplink or downlink direction, and a table with 128 elements including four reserved bits for possible extensions, e.g. extending the table.

Table 5.4.X-1: Example of MAC CE for eNB to UE bit rate information

	0
	1
	2
	3
	4
	5
	6
	7

	Logical Channel Identity
	UL/DL
	Table index

	Table index continued
	R
	R
	R
	R


For the UE to initiate an information exchange on the currently recommended application bit rate on an already established radio bearer, a MAC CE consisting of fields indicating the LCID for which the rate is applicable (4 bits), the uplink or downlink direction (1 bit), and an index to a table with tabulated values of the desired application bit rate (7 bits) is sufficient
For the call set-up case and add media case there is no established quality of service class known to eNB for the media flow. Hence the required quality of service class needs to be included in the codec rate recommendation request message sent by the UE. This is indicated via an 8-bit field using the Quality of Service Class Indicator (QCI) value of the desired media traffic flow. For this case, the logical channel identity of the default bearer is used for the LCID field in order to link the information request to a specific service, e.g. VoLTE service (GSMA PRD IR.92 [4]) which uses a default radio bearer for the IMS APN which is separate from the mobile broadband APN. The VoLTE media (and video if GSMA PRD IR.94 service is used) is then transmitted on dedicated bearers linked to the default bearer.
An example of a MAC CE for the query from the UE to the eNB is given in Table 5.4.X-2.

Table 5.4.X-2: Example of MAC CE for UE query to eNB on the recommended bit rate.
	0
	1
	2
	3
	4
	5
	6
	7

	Logical Channel Identity
	UL/DL
	Table index

	Table index continued
	R
	R
	R
	R

	Desired packet treatment


The response from the eNB to the UE may use the same MAC CE as for the rate recommendation from eNB to the UE as described above, with the reserved value 0000 for the field of the logical channel identity. Possibly the eNB may respond with a bit rate either equal, lower, or higher than the bit rate included in the query from the UE. Also, the eNB may send a response with reject for the query for a recommended bit rate. 
For the tabulated values of the bit rate, the values are proposed to be logarithmically spaced including the AMR/AMRWB/EVS codec bit rates at the low end of the scale. It is further proposed to reserve index ‘0’ for 0 Kbit/s and the index ‘1’ for indicating ‘release of previous bit rate recommendation’. An index may also be included to indicate ‘no bit rate recommendation is available’, this may also be used for rejecting a query from a UE on a recommended bit rate. An example of a table with bit rates and other information is given in Table 5.4.X-3.
Table 5.4.X-3: Example of tabulated bit rate values in Kbit/s

	Index I+16*K
	K = 0
	K = 1
	K = 2
	K = 3
	K = 4
	K = 5
	K = 6
	K = 7

	I = 0
	0

	40
	208
	464
	928
	2176
	4224
	6272

	I = 1
	Note1
	48
	224
	480
	960
	2304
	4352
	6400

	I = 2
	Note2
	56
	240
	496
	992
	2432
	4480
	6528

	I = 3
	Reserved
	64
	256
	512
	1024
	2560
	4608
	6656

	I = 4
	Reserved
	72
	272
	544
	1088
	2688
	4736
	6784

	I = 5
	Reserved
	80
	288
	576
	1152
	2816
	4864
	6912

	I = 6
	Reserved
	88
	304
	608
	1216
	2944
	4992
	7040

	I = 7
	5.2
	96
	320
	640
	1280
	3072
	5120
	7168

	I = 8
	5.9
	104
	336
	672
	1344
	3200
	5248
	7296

	I = 9
	7.2
	112
	352
	704
	1408
	3328
	5376
	7424

	I = 10
	8.0
	120
	368
	736
	1472
	3456
	5504
	7552

	I = 11
	9.6
	128
	384
	768
	1536
	3584
	5632
	7680

	I = 12
	13.2
	144
	400
	800
	1664
	3712
	5760
	7808

	I = 13
	16.4
	160
	416
	832
	1792
	3840
	5888
	7936

	I = 14
	24.4
	176
	432
	864
	1920
	3968
	6016
	8064

	I = 15
	32
	192
	448
	896
	2048
	4096
	6144
	8192


Note1: This index is used for indicating that the previous bit rate recommendation is no longer valid and no new bit rate recommendation is given.
Note2: This index is used to indicate that no bit rate recommendation is available or that the query from the UE on a recommended bit rate was rejected.
5.4.X.Y Initial Codec Rate Selection
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Figure 5.4.X.Y-1: RAN assistance for initial codec rate selection

Step 1: The user initiates the call.

Step 2: UE-1 sends a codec rate recommendation request message to eNB-1.
Step 3: eNB-1 sends a codec rate recommendation message to UE-1 as response to the request.
Step 4: UE-1 takes the codec rate recommendation as one input to compose its SDP offer and configure the initial rate of the codec.

Step 5: UE-2 sends a codec rate recommendation request message to eNB-2.
Step 6: eNB-2 sends a codec rate recommendation message to UE-2 as response to the request.
Step 7: UE-2 takes the codec rate recommendation as one input to compose its SDP answer and configure the initial rate of the codec.

Step 8: RTP media flow with codec rate based on RAN recommended codec rate.
4 Conclusion
In this contribution we present the interaction of RAN in the codec mode and rate selection in detail for a number of use cases. Based on the discussion in section 2 we propose the following:
Proposal 1
Capture the text proposals in Section 3 in the TR 36.750 for the solutions described above.
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