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4.2.1
Network-based Architecture

The network-based solution relies on the fact that the information on the negotiated codecs and configurations (or codec modes) for the session is available in the PCRF through its knowledge of the SDP that contains the negotiated session parameters. Based on such information, the PCRF can derive the relevant robustness parameter information (e.g. Maximum Packet Loss Rate) and signal this information to the eNB, using the procedures defined in TS 23.203 [8] and TS 23.401 [9]. The derivation of the robustness parameter information based on the negotiated codec modes can be performed subject to a standardized mapping rule, e.g. with an indication of packet loss rate for each codec mode and calculation of the Maximum Packet Loss Rate based on the negotiated codec modes. The network-based solution is depicted in Figure 4.1.

In this solution, the PCRF by default does not know the MTSI client adaptation behavior, and would therefore set the robustness parameter (e.g. Maximum Packet Loss Rate) based on the least robust codec mode among the negotiated codec configurations. If however the PCRF knows from the SDP that the MTSI client receiver supports adaptation to the most robust codec mode, i.e., that the UE will request the sender to change its encoder to a more robust mode when it detects packet losses, then the PCRF could set the robustness parameter based on the most robust codec mode, and thereby potentially enabling enhanced SRVCC handover performance. Such indication to the PCRF is enabled via the new SDP parameter 'adapt', see clause 7.2.1 for further details.
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Figure 4.1: Network-based solution to signal robustness information to eNB

4.2.2
UE-based Architecture

The UE-based solution relies on the fact that the information on the negotiated codecs and configurations (or codec modes) for the session is available in the UE through its knowledge of the SDP that contains the negotiated session parameters. Based on such information, the UE can derive the relevant robustness parameter (e.g. Maximum Packet Loss Rate) and signal this to the eNB. Such signaling from the UE to the eNB would have to be defined in the RAN, e.g. via use of RRC signaling to carry the robustness parameter information in TS 36.331 [5] (the exact format of the signaling may be decided by RAN2). The derivation of the robustness parameter information based on the negotiated codec modes can be performed subject to a standardized mapping rule, e.g. with an indication of packet loss rate for each codec mode and calculation of the Maximum Packet Loss Rate based on the negotiated codec modes. The UE-based solution is depicted in Figure 4.2.

For the UE-based solution, one can observe that the UE (i.e., MTSI client) not only knows the negotiated codecs and configurations (or codec modes), but also the selected codec configuration or mode for the currently transmitted RTP stream, i.e., as determined via the outcome of the media adaptation in the UE. As such, the UE can determine the packet loss rate corresponding to the selected codec configuration and signal the relevant robustness parameter information (e.g. MaxPLR) to the eNB. Therefore, an indication at the SDP level via the 'adapt' parameter as described in Clause 7.2.1 is not necessary for the UE-based signaling solution, and an enhanced SRVCC handover performance can potentially be ensured without supporting the 'adapt' feature in the SDP and enforcing a particular adaptation behavior on the MTSI client in the UE. Moreover, depending on the change in the selected codec configuration or mode, the UE can dynamically update the eNB on the corresponding robustness parameter information, e.g. updated value for MaxPLR.
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Figure 4.2: UE-based solution to signal robustness information to eNB
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5
Parameters for SRVCC Handover Thresholds

5.1
Description
In this study, we reuse the parameters considered in TR 23.759 [10]. In particular Max PLR in UL and DL directions is a parameter that indicates the maximum Packet Loss Rate that the specific codec mode is able to experience without degrading the voice quality.
5.2
Potential Solutions

5.2.1
Robustness Indication 

5.2.1.1
Maximum Packet Loss Rate (PLR)

5.2.1.1.0
 General

Based on the 3GPP EVS Selection and Characterization results that included AMR-WB, AMR-WB encoder with ITU-T G718IO decoder, and EVS codec, this clause provides an example set of Max. PLR operating points that the terminal may indicate to the PCRF. 

5.2.1.1.1 
Max PLR recommendation without Application Layer Redundancy

Table 5.1 provides an example Maximum PLR operating points based on the EVS Selection and Characterization experiment results. 

Based on the EVS Characterization experiment results, e.g. Figure 11.10 and Figure 11.17 in TR 26.952 [2] the following can be noted:

-
Compared against AMR-WB/EVS AMR-WB-IO modes, the subjective quality performance gap with EVS-SWB Channel Aware mode increases from about 0.3 DMOS to 0.75 DMOS. For example, EVS SWB CA 13.2 kbps at 9% FER is NWT than that of AMR-WB (or EVS-IO) at 23.85 kbps at 3% FER.

Based on the EVS Selection experiment results, e.g. Figure 10.2 in TR 26.952, the following can be noted.

-
the performance of EVS WB at 6% FER (solid red line) is similar to that of the AMR-WB/G.718IO at 3% FER (dotted blue line). Note that AMR-WB/G.718IO incorporates enhanced decoder side packet loss concealment techniques that are not specified in AMR-WB codec.

Based on the EVS Selection experiment results, e.g. Figure 10.12 in TR 26.952, the following can be noted.

-
the performance of EVS AMR-WB IO at a given FER is similar to that of AMR-WB/G.718IO at the same FER.

Table 5.1: Example Maximum End-to-end Packet Loss Rate (PLR) per link for AMR-WB, EVS

	Codec
	Robustness Parameter
	Maximum End-to-end Packet Loss Rate 

	AMR-WB
	Normal
	1.5%

	AMR-WB/G718 IO, EVS AMR-WB IO
	Medium
	3%

	EVS WB, SWB
	High
	6%

	EVS WB, SWB Channel Aware
	Extreme High
	9%


5.2.1.1.2
Max PLR recommendation with Application Layer Redundancy

Application layer redundancy can work in conjunction with any of the aforementioned codec modes in Table 5.1, and may in general improve the Max. PLR operating points. 
Unlike the EVS channel aware (partial redundancy) codec mode for which there are test results (see TR 26.952) that may be used to derive the Maximum PLR operating points, the derivation of the Max. PLR operating points with Application Layer Redundancy may depend on many factors, e.g.:

-
Different redundancy levels (100% or 200% or 300%).

-
Rate and intervals at which the packets are repeated and transmitted.

-
Underlying changes to the codec audio bandwidth (e.g. super-wideband to wideband and drop in intrinsic quality) if the codec bitrate is reduced to allow for packet repetitions.


Conducting subjective tests to measure the performance of application layer redundancy is one way to obtain some guidance. However, repeating the same level of subjective testing rigor to study the eVoLP performance with all potential application layer redundancy modes is simply too complex. Therefore, it is more practical to limit the number of application layer redundancy modes, e.g., use only 100% redundancy modes.
In general, use of application layer redundancy (i.e., packet repetitions) may have benefits to improve error performance, but to assess what is the Max. PLR operating point for improving eVoLP performance is challenging, especially to provide analytical guidance on top of the case when application layer redundancy is not used. For example, if one is operating at EVS 24.4 kbps SWB and encountered an FER of 10%, use of application layer redundancy with 2x9.6 kbps (to stay within the same data rate) may improve the effective loss rate to 1%. However, the drop in the intrinsic quality of the EVS codec at 9.6 kbps relative to that of at 24.4 kbps needs to be accounted for when setting the Max. PLR operating point. Similarly, if one is operating at EVS 13.2 kbps SWB, and encounters an FER of 10%, use of application layer redundancy with 2x5.9 kbps (to stay within the same data rate) may improve the effective loss rate to 1%, with the cost that SWB coding is not supported at 5.9 kbps.


Table 5.2: Example Max. End-to-end Packet Loss Rate (PLR) with application layer redundancy for EVS codec

	Codec
	Robustness Parameter
	Maximum End-to-end Packet Loss Rate 

	No application layer redundancy, 

EVS (@ bitrate of R kbps)


	-
	X %

	With 100% application layer redundancy,

EVS (@ bitrate of 2R kbps), Offset=2.


	-
	(X+2)% to (X+5) %


Editor’s Note: The relationship to path loss when operating at twice the bit rate is not accounted in the Max. PLR value in Table 5.2. 

Table 5.2 provides example Maximum PLR operating points with and without application layer redundancy applicable to EVS codec based on informal objective and subjective results in Annex A. The example Max. PLR values in Table 5.2 for EVS includes 100% application layer redundancy with offset 2, resulting in (2xbitrate). In particular, 
from Figure A.1 and Figure, A.2, it can be noted that similar MOS-LQO values are observed for the following, 1) EVS @2x7.2 kbps at 6% FER and EVS @13.2 kbps at 4% FER, 2) EVS 2x13.2 kbps at 8% FER and EVS 13.2 kbps at 3% FER, and 3) EVS 2x9.6 kbps at 6% FER and EVS 24.4 kbps at 3% FER. With the use of application layer redundancy, it is not straightforward to set the Max. PLR parameter as it will depend highly on the configuration and the bitrates used. To this extent, in Table 5.2, a range of possible Max. PLR improvements that can be feasible, e.g., 2-5% are suggested. That is if the Max. end-to-end packet loss rate that a terminal can handle is X% when there is no application layer redundancy (e.g., as per Table 5.1), then with the application layer redundancy the Max. PLR end-to-end packet loss rate that a terminal can similarly handle may increase to the range of (X+2)% to (X+5)%. It is not straightforward to obtain a reliable single Max. PLR value for various configurations of application layer redundancy; and it is up to the service provider to evaluate the network configuration and select a suitable Max. PLR value when using application layer redundancy for eVoLP. Another aspect to take into consideration is that even though it may be possible that the codec (or codec configurations) can handle maximum end-to-end packet loss rate in the range of e.g., 12%, the radio link may be quite unstable at those channel conditions.
The use of application layer redundancy introduces the following considerations:
1. Increasing the aggregate bit rate can, 

· further reduce coverage, which is the opposite to the objective of the eVoLP feature.  This was not simulated in the study.
· increase the packet loss rate provided by the RAN as it is supporting a higher bit rate.  This was not simulated in the study.

2. Keeping the aggregate bit rate the same by reducing the codec bit rate (e.g., 13.2 -> 2 x 7.2) can r
3. educe the voice quality as a lower rate codec is used.  This was not taken into account in the study 
4. Reserving QoS resources for a data rate more than required by the highest codec mode negotiated to support application layer redundancy may result in a waste of network resources if the application layer redundancy is never used. This consideration can limit the number of codec modes with which application-layer redundancy can be used.  For example, a configuration may not reserve more QoS than is required by the highest codec mode negotiated.  When application layer redundancy is used in such configuration it can only be used with lower rate codec modes.



	
	
	

	

	
	

	

	
	



	
	
	

	


	
	

	


	
	






5.3
 Conclusion

For eVoLP SRVCC threshold selection, it is recommended to use the example Max. PLR operating points as per Clauses 5.2.1.1.1 and Clauses 5.2.1.1.2. 
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6
Codec Mode Adaptation Procedures

6.1
Description

6.2
Potential Solutions

6.2.1
Adaptation to Packet Loss

The main clause dealing with adaptation in TS 26.114 is clause 10 and example adaptation algorithms for speech are provided in Annex C of TS 26.114. There are no mandatory adaptation mechanisms, however clause 10 provides some high-level guidelines (e.g. conservative use of adaptation). TS 26.114 currently defines two methods to signal adaptation requests for speech:

-
RTP CMR in the codec payload

-
RTCP-APP

Note that additional mechanisms are available (e.g. ANBR for bitrate adaptation and ECN-triggered adaptation). RTCP-APP is recommended for speech adaptation defined in clause 10.2.1 of TS 26.114 (including application-layer redundancy). However, it is also specified that AVPF will be offered when offering to use RTCP-APP signalling
The procedures for client adaptation to packet loss can be introduced in Annex C of TS 26.114, similar to how the procedures for rate adaptation are specified. This would be specified as follows:

In 3GPP TS 26.114 [3]:

"C.1.3.6
Adaptation to Packet Loss

When the MTSI client detects packet losses higher than tolerable by the current codec mode and application layer redundancy in use (if any), then the MTSI client should use the CMR or RTCP-APP messages to request a more robust codec mode or increased application layer redundancy from the media sender. 




6.3
Conclusion

It is recommended to add the procedures to client adaptation to packet loss in TS 26.114 as per Clause 6.2.1.
***** CHANGE 5 *****
7.2.2.5
Signal method 2: RTP CMR using the Reserved CMR codepoints

RTP CMR for AMR and AMR-WB is specified in IETF RFC 4867. The 4-bit CMR code space is not fully used and allows to signal bit rate adaption requests for the 8 and 9 modes of AMR and AMR-WB, together with the NO_REQ code. Some CMR code points are left for future use.

RTP CMR for EVS is specified in Annex A of TS 26.445. In Compact mode, there is only a 3-bit CMR for EVS AMR-WB IO to signal 7 out 9 modes and a 'none' code equivalent to 'NO_REQ'. A CMR byte is defined for Header-full mode, with code points for operation mode / bit rate / coded bandwidth adaptations (EVS-NB, -WB, -SWB, and -FB and AMR-WB IO), together with specific requests for EVS CAM at different offsets and FEC indicators. There is also a specific code point for NO_REQ in the CMR byte. The code space in the CMR byte is sparse with many entries indicated as 'Not used' and some entries indicated as 'reserved'.

The existing code points for RTP CMR in AMR and AMR-WB can only be used for bit rate adaptation while RTP CMR for EVS is able to signal adaptation requests in terms of operation mode / bit rate / coded bandwidth / CAM mode adaptation. To be able to signal other types of requests, such as application-layer redundancy or frame aggregation, one has to rely on RTCP-APP, however this is not allowed in IR.92.

Assuming there is a specific new SDP parameter indicating 'eVoLP capability' in the terminal for interoperability with legacy terminals (e.g. a media level parameter below the 'm=audio' line in SDP), one may reuse 'reserved' CMR codepoints for AMR, AMR-WB and EVS.
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Figure 7.3: Packet structure with extended CMR (ext. CMR) by reusing reserved code points

The use of CMR to request for application layer redundancy is not possible in case of AMR-WB and EVS AMR-WB IO as there are no available points as per Table A.3 in TS 26.445 [4]. In case of EVS primary modes, repurposing the 15 Reserved Fields is highly risky given that: 

-
It is not clear if all the current implementations strictly ignore the Reserved Fields or reset them.

-
Also, as per A.2.2.1.1 in TS 26.445, when a CMR is received requesting a bit rate and/or audio bandwidth that does not comply with the negotiated media parameters, it will be ignored. Any change to the TS 26.445 specification now would introduce backwards compatibility issues with legacy devices. One may have to rely on additional eVoLP related SDP parameters (e.g. eVoLP 'adapt' parameter) to limit the backward interop issues. 

Some indicative example of code point reuse for AMR, AMR-WB and EVS are provided in Tables 7.1, 7.2, 7.3.

· Table 7.1: Reusing 'reserved' code points for AMR.

	CMR code
	Application layer redundancy AMR request

	9
	RED 2x4.75

	10
	RED 2x5.15

	11
	RED 2x5.9

	12
	Not used

	13
	Not used

	14
	Not used


· Table 7.2: Reusing 'reserved' code points for AMR-WB

	CMR code
	Application layer redundancy AMR-WB request

	9
	RED 2x6.6

	10
	RED 2x8.85

	11
	RED 2x12.65

	12
	Not used

	13
	Not used

	14
	Not used



· Table 7.3: Example 1: Reusing 'reserved' code points for EVS.

	CMR code
	Application layer redundancy EVS request 

	111 0000
	RED 2x7.2-NB

	111 0001
	RED 2x8-NB

	111 0010
	RED 2x9.6-NB

	111 0011
	RED 2x13.2-NB

	111 0100
	RED 2x7.2-WB

	111 0101
	RED 2x8-WB

	111 0110
	RED 2x9.6-WB

	111 0111
	RED 2x13.2-WB

	111 1000
	RED 2x13.2 CAM WB

	111 1001
	RED 2x13.2 CAM SWB

	111 1010
	RED 2x9.6-SWB

	111 1011
	RED 2x13.2-SWB

	111 1100
	RED 2x6.6-IO

	111 1101
	RED 2x8.85-IO

	111 1110
	RED 2x12.65-IO
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7.2.2.6
Signal method 3: Padding

Assuming there is a specific new SDP parameter indicating 'eVoLP capability' in the terminal for interoperability with legacy terminals (e.g. a media level parameter below the 'm=audio' line in SDP), padding can be inserted at the end of the payload. The padding bit (P) in the RTP header may be set to 1, however this bit may also be kept to 0 to avoid impact on header compression.

Padding should be inserted following RFC 3550, where the last octet indicates the number of inserted bytes. The signalled request may be format as in RTCP-APP or as in extended CMR. In the latter case, care should be taken to avoid conflicts with the possible CMR in the payload header.
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Figure 7.4: Packet structure with extended request with padding bytes

This solution is not feasible, because RTP-level padding is mandated to be set to 0 [11].
7.2.2.7
Signal method 4: RTP header extension

Assuming there is a specific new SDP parameter indicating 'eVoLP capability' in the terminal for interoperability with legacy terminals (e.g. a media level parameter below the 'm=audio' line in SDP), this capability parameter can be formatted according to RFC 8285 with the "rtp-hdrext" parameter. The extension bit (X) in the RTP header will be set to 1.

The signalled request may be format as in RTCP-APP or as in extended CMR. In the latter case, care should be taken to avoid conflicts with the possible CMR in the payload header.
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Figure 7.5: Packet structure with header extension

7.3
Conclusion

It is recommended to define a new SDP parameter (e.g., “adapt” or “evolp” or “evolp_adapt”) to indicate that the MTSI client receiver supports adaptation to the most robust codec mode. For the network-based eVoLP solution, the PCRF can use the presence of this parameter in SDP to determine the Max. PLR to indicate to its eNB as per Clause 7.2.1.
***** CHANGE 7 *****
8.3
Conclusions

This clause evaluated the benefits of two types of functionality for realizing codec-aware SRVCC enhancements: 

1. SDP-based signalling of max_e2e_PLR, DL/UL PLR (or PLR ratio) values considering the potential solutions as per clauses 8.2.2.3, 8.2.3.3,  

2. RTP/RTCP-based indication of recommended DL/UL PLR (or PLR ratio) values considering the potential solutions as per clauses 8.2.2.4 and 8.2.3.6 

Both of these approaches improve the selection of the DL/UL PLR thresholds at the eNB for triggering SRVCC, by providing further enhancements on top of the determination of the DL/UL PLR threshold values at the PCRF based on the negotiated codecs and codec modes (as described in clauses 4.2.1 and 5.2.1). 

SDP-based signalling of max_e2e_PLR allows for considering the receiving UE capabilities including, for example, jitter buffer management (JBM) and packet loss concealment (PLC), in addition to the negotiated codecs and codec modes. As such, for an MTSI session involving bidirectional media communication between two UEs, different max_e2e_PLR values may be negotiated for each of the two media streams depending on each UE’s JBM and PLC capabilities. This also helps choose the DL/UL PLR thresholds for SRVCC differently at the eNBs depending on the negotiated max_e2e_PLR values. 

The RTP/RTCP-based indication of the recommended DL/UL PLR (or PLR ratio) values realizes a dynamic PLR allocation framework on DL PLR and UL PLR thresholds. This framework enables further optimizations of the SRVCC thresholds for DL and UL after initial setting of the DL PLR and UL PLR thresholds at the eNB based on the signalling from the PCRF. The dynamic PLR allocation realizes this enhancement by adapting the DL PLR and UL PLR thresholds to the local RAN conditions considering UE coverage, leading to the SRVCC performance improvements as documented in clause 8.2.2.4. 
Editor’s Note:  SDP-based signalling of max_e2e_PLR, DL/UL PLR (or PLR ratio) requires CT1/3/4 and SA2 support. 
Editor’s Note: RTP/RTCP-based indication of recommended DL/UL PLR (or PLR ratio) values requires RAN2 support.
***** CHANGE 8 *****
10
Conclusions

Based on the Conclusions in Clauses 5.3, 6.3, 7.3, and 8.3, it is recommended to conduct normative work to specify the following in TS 26.114:

1. Include in an annex MaxPLR operating points for different codecs considering the examples as per clauses 5.2 and 5.3
2. Adaptation capability indication (using a new SDP parameter) considering the potential solutions as per Clauses 7.2 and 7.3
3. SDP-based signalling of max_e2e_PLR, DL/UL PLR (or PLR ratio) values considering the potential solutions as per clauses 8.2.2.3, 8.2.3.3, 8.2.3.4, and 8.2.3.5. 

4. RTP/RTCP-based indication of recommended DL/UL PLR (or PLR ratio) values considering the potential solutions as per clauses 8.2.2.4 and 8.2.3.6
Editor’s Note:  The above SDP-based signalling and RTP/RTCP-based indication requires CT1/CT3/CT4/SA2 and RAN2 support, respectively. 
The recommendations on MaxPLR operating points for different codecs (bullet 1 above) serves at the center of the anticipated eVoLP capabilities in TS 26.114, for both the network-based and UE-based architectures described in clause 4.2. It is noted that among these architectures, the network-based architecture in clause 4.2.1 is already supported through the signalling from PCRF to eNB as defined in TS 23.203 and TS 23.401, and as such enables early deployments of eVoLP.

Among the three eVoLP functionalities listed in bullets 2, 3 and 4 above, it is expected that the adaptation capability indication will be mandatory for eVoLP-capable MTSI clients, while the remaining two functionalities will be defined as supplemental and left optional for eVoLP-capable MTSI clients. A key reason for this is that adaptation capability indication serves as a critical eVoLP functionality allowing the derivation of MaxPLR at the PCRF (in case of the network-based architecture) based on the most robust codec mode among the negotiated codecs and codec modes, while in the absence of this parameter the MaxPLR would have to be derived based on the least robust codec mode. 

Adaptation capability indication based on the SDP ‘adapt’ parameter (bullet 2 above) and SDP-based signalling of max_e2e_PLR, DL/UL PLR (or PLR ratio) values (bullet 3 above) would lead to definition of new SDP parameters in TS 26.114, requiring core network support. RTP/RTCP-based indication of recommended DL/UL PLR (or PLR ratio) values (bullet 4 above) would lead to definition of conceptual message formats between the UE and eNB in TS 26.114 (similar to the conceptual message formats for ANBR in TS 26.114), requiring RAN support toward determining the exact message mapping, e.g., for LTE or NR access. As such, upon completion of normative work in TS 26.114, it is expected that these core network and RAN dependencies will also have to be addressed in coordination with the relevant 3GPP working groups. 
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