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1. Introduction
At SA2#118 the following Key Issue (Key Issue 1) was added to TR 23.759: 

… how to identify the information needed by RAN from architecture point of view to make optimized HO decision for e.g. VoLTE/ViLTE, and how to provide RAN with this information.
Additionally, as the result of R2-161594 [3] related text was captured in clause 7.1.2 of TR 36.750 [4]: 

Packet Error Loss Rate is part of QoS information provided to E-UTRAN by means of QoS Class Identifier (QCI), for the purpose of QoS enforcement at the eNB. Likewise, the eNB hosting the VoLTE bearer could use the BLER target information for the following purposes.
1. Extending coverage/time in VoLTE by setting the threshold for handing over to SRVCC at a higher BLER target

2. Lowering UL transmit power of the UE with a higher BLER target

3. Reducing the number of HARQ transmissions of the UE with a higher BLER target

4. Set the threshold for TTI bundling configuration and/or RLC segmentation configuration

5. Tearing down the call when this exceeds a PLR particular threshold.

However, there is no standardized way for the eNB to be made aware of the BLER target of the VoLTE bearer, which may be different depending on the codec mode.
This paper proposes that in order to provide information to the RAN to make optimised HO decisions, this information is required to be derived at the PCRF and signalled in some manner to the RAN. This paper proposes two alternative methods for this signalling.

In addition, in Annex A this paper outlines one specific scenario in which media-related data being shared with the RAN would benefit the system and users. This paper proposes that the details of the information required to be provided to the RAN by the CN should be discussed between RAN2 and SA4.
2. Signalling Methods

2.1 Description
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Figure 1: Basic VoLTE UE to VoLTE UE Call Establishment - Originating Side message sequence
As per Figure 1 above the PCRF is invoked during the SDP offer from the initiating UE. At point A in Figure 1 above, the PCRF is required to derive certain parameters from the Diameter AA Request (AAR) with session information from SDP. Presently, the PCRF derives QCI, ARP, and the TFT.
In this paper we propose 2 solutions for signalling additional information to the RAN in order to make the RAN aware of codec-specific properties relating to how the RAN may either optimise HO or to trigger an E2E codec rate change to adapt to changing RAN conditions.
2.2 Proposal 1: New IE(s) from PCRF to eNB
2.2.1 Description

In this proposal, the PCRF derives new parameters based on the codec information sent in the SDP Offer. Alternatively, the PCRF may act on the SDP in the SDP Answer. In either scenario, the PCRF has visibility of the codec(s) selected for the VoLTE/ViLTE call.
Upon inspection of the codecs for use in the VoLTE/ViLTE call the PCRF may derive new QoS parameters related to (a) the codec’s resiliency to channel errors, or (b) parameters related to codec rate adaptation.

In this proposal, the PCRF may send these new parameters towards the eNB via Gx -> S5/S8 -> S11 -> S1-MME as discrete new information elements.

2.2.2 Evaluation
This solution is flexible insofar as a variety of parameters may be derived from the variety of codecs and codec modes of operation selected for VoLTE/ViLTE. Different parameters may be defined to meet the optimisations defined by stage-3 working groups (e.g. SA4).
This solution operates well in legacy scenarios as if any element between a PCRF supporting eVoLP and an eNB does not support these new IEs, they will be discarded with no adverse effect on the communication. This will result in normal QoS being applied to the VoLTE/ViLTE call with no optimisation.

2.3 Proposal 2: New QCI
2.3.1 Description

In this proposal, the PCRF again derives new parameters based on the codec information sent in the SDP Offer. Alternatively, the PCRF may act on the SDP in the SDP Answer. The PCRF then selects a new QCI to reflect these parameters. QCI-1 would be reserved to reflect un-optimised VoLTE/ViLTE. The new QCI would be reserved to reflect VoLTE/ViLTE using channel aware codecs. Details of the codecs would be subject to SA4 input. 
The new QCI parameters would be as per QCI-1 apart from a difference in the Packet Error Loss Rate parameter.

2.3.2 Evaluation
This solution integrates well with the existing system of QCI-based QoS. There is already signalling to support this solution.
This solution has issues with legacy environments as if any element between PCRF supporting eVoLP and eNB (or intermediate CN nodes) that do not support the new QCI, the call will be discarded and requires to be re-established
This solution only provides a solution for the provision of information to RAN relating to the ability of a codec to tolerate additional BLER. There is no provision in this solution to inform RAN of parameters related to codec rate adaptation.

Proposal: SA2 to discuss/decide which is the best signalling mechanism to convey the use of a particular codec that can tolerate "higher" BLER target for SRVCC handover trigger.
4. Summary
Two potential solutions to the problem of signalling codec-specific information from the CN to RAN are proposed in this paper. As per the evaluation of the solutions in this paper, the conclusion is that a new optional Information Element sent from the PCRF to the eNB is the most backwardly compatible and extensible solution.
This paper identifies that codec specific information may to be shared on a per-call basis from the UE/CN to the RAN and that the PCRF shall be responsible for this sharing. Examples and potential benefits of the codec specific information can be found in Annex A. The payload of this information is outside the scope of SA2 to determine and therefore an LS should be sent to trigger discussion between RAN2 and SA4 on what information the RAN expects and what information the UE/CN can provide.
5. Proposal

Proposed to add the following solutions to clause 6 of TR 23.759:

6.X
Solution for key issue #1: New IE(s) from PCRF to eNB
6.X.1
Description
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 Figure 6.x.1-1: Basic VoLTE UE to VoLTE UE Call Establishment - Originating Side message sequence

As per Figure 1 above the PCRF is invoked during the SDP offer from the initiating UE. At point A in Figure 6.x.1-1 above, the PCRF is required to derive certain parameters from the Diameter AA Request (AAR) with session information from SDP. Presently, the PCRF derives QCI, ARP, and the TFT.

In this proposed solution the PCRF derives new QoS parameters based on the codec information sent in the SDP Offer. Alternatively, the PCRF may act on the SDP in the SDP Answer. In either scenario, the PCRF has visibility of the codec(s) selected for the VoLTE/ViLTE call.

Upon inspection of the codecs for use in the VoLTE/ViLTE call the PCRF may derive new QoS parameters related to (a) the codec’s resiliency to channel errors, or (b) parameters related to codec rate adaptation.

In this proposal, the PCRF may send these new parameters towards the eNB via Gx -> S5/S8 -> S11 -> S1-MME as discrete new information elements.

6.X.2
Impacts on existing nodes and functionality
PCRF: 
shall be able to extract codec specific information from the SDP offer/answer of the participating UEs and formulate the payload of a new Information Element related to codec-specific QoS parameters

PGW, SGW, MME: 
shall be able to forward the new Information Element on the respective downstream interface without discarding

eNB:
shall be capable of interpreting the payload of the new Information Element to adapt SRVCC threshold or other configuration of scheduling and link layer functions
6.X.3
Solution Evaluation

This solution is flexible insofar as a variety of parameters may be derived from the variety of codecs and codec modes of operation selected for VoLTE/ViLTE. Different parameters may be defined to meet the optimisations defined by stage-3 working groups (e.g. SA4).
This solution is future-proofed insofar as new parameters may be defined for this information element.
This solution operates well in legacy scenarios as if any element between a PCRF supporting eVoLP and an eNB does not support these new IEs, they will be discarded with no adverse effect on the communication. This will result in normal QoS being applied to the VoLTE/ViLTE call with no optimisation.

6.Y
Solution for key issue #1: New QCI
6.Y.1
Description
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 Figure 6.y.1-1: Basic VoLTE UE to VoLTE UE Call Establishment - Originating Side message sequence

As per Figure 6.y.1-1 above the PCRF is invoked during the SDP offer from the initiating UE. At point A in Figure 6.y.1-1 above, the PCRF is required to derive certain parameters from the Diameter AA Request (AAR) with session information from SDP. Presently, the PCRF derives QCI, ARP, and the TFT.
In this proposal, the PCRF derives new parameters based on the codec information sent in the SDP Offer. Alternatively, the PCRF may act on the SDP in the SDP Answer. The PCRF then selects a new QCI to reflect these parameters. QCI-1 would be reserved to reflect un-optimised VoLTE/ViLTE. The new QCI would be reserved to reflect VoLTE/ViLTE using channel aware codecs. Details of the codecs would be subject to SA4 input. 

The new QCI parameters may be as per QCI-1 apart from a difference in the Packet Error Loss Rate parameter. Alternatively, the QCI parameters may be exactly as per QCI-1 but the selection of the new QCI may act as an implicit notification to the RAN that the configuration of scheduling and link layer functions should be as per a specific codec.

6.Y.2
Impacts on existing nodes and functionality
PCRF: 
shall be able to extract codec specific information from the SDP offer/answer of the participating UEs and set the QCI to a new value (different to un-optimised QCI-1)

PGW, SGW, MME: 
shall be able to interpret and forward the new QCI on the respective downstream interface. In case of a legacy CN node not supporting the new QCI, the session initiation shall be discarded and requires re-establishment

eNB:
shall be capable of interpreting the new QCI to adapt SRVCC threshold or other configuration of scheduling and link layer functions
6.Y.3
Solution Evaluation

This solution integrates well with the existing system of QCI-based QoS. There is already signalling to support this solution.

This solution has issues with legacy environments as if any element between PCRF supporting eVoLP and eNB (or intermediate CN nodes) do not support the new QCI, the call will be discarded and requires re-establishment
This solution only provides a solution for the provision of information to RAN relating to the ability of a codec to tolerate additional BLER. There is no provision in this solution to inform RAN of parameters related to codec rate adaptation.
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Annex A: Analysis of EVS modes, AMR-WB, and link budget gains
A.1 Link level simulation and results for different EVS modes and AMR-WB

Objective of the simulations:

Characterize uplink link budget and coverage (in terms of cell radius) gains for the different EVS modes using AMR-WB 12.65 kbps as the reference.

Simulation results:

The following link budget comparison is derived from the simulation data described in Annex B:
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Figure 2: Comparative Urban MAPL (dB) for TTI-B, EPA 5.5, 800 MHz

As shown in Figure 2, the EVS modes offer link budget gains over AMR-WB 12.65 kbps. The lowest constant bit-rate mode of EVS is 7.2 kbps which offers 0.95 dB link budget gains while the highest link budget gains are realized via the channel aware mode at 13.2 kbps. The following BLER versus SNR curves (Figure 3) illustrate further the reason why relaxing (i.e. allowing for a higher target) BLER is more effective than bit-rate reduction to realize link budget/coverage gains.

[image: image5.emf]
Figure 3: BLER versus SNR curves for TBS = 328 and 208.
As illustrated in Figure 3, significantly higher link budget gains can be realized via target BLER relaxation (increase) as compared to bit-rate reduction. For example, the improvement in SNR between the 1% and 6% BLER points along the 4Tx curve for TBS 328 is 2.5 dB as compared to the 0.95 dB SNR improvement between the 1% BLER points of the 4Tx curves corresponding to TBS 328 and 208.

Figures 4 and 5 illustrate the indoor coverage gains of EVS channel aware mode over AMR 12.65 across the deployment mapped to commercial markets.


[image: image6]
Figure 4: Comparative Indoor Coverage Prediction for Market-1

[image: image7]
Figure 5: Comparative Indoor Coverage Prediction for Market-2
A.2 Field Test Results

Field tests were conducted in two commercial VoLTE networks.

In network A (LTE-TDD, 20MHz bandwidth, UL/DL configuration 2, no TTI-B, PDCP discard timer: 150ms) the following test set-up was used to measure P.OLQA vs. RSRP:
· UE location was varied to span a range of RSRP from -108 dBm to -122 dBm

· Single cell coverage, inter/intra-handover and IRAT handover were disabled

· For each voice codec setting, VoLTE to VoLTE calls were established. The total duration of captured audio across the span of RSRP was ~ 90 minutes.

· During the test, P.OLQA score in one direction was recorded (at 10 sec intervals) by the test equipment (P.OLQA box). In addition other VoLTE/LTE info was logged using a real-time data collection and diagnostic tool called QXDM (Qualcomm eXtensible Diagnostic Monitor) as illustrated in Figure 6.


[image: image8]
Figure 6: Test set-up for measuring P.OLQA vs. RSRP for AMR, AMR-WB, and EVS codecs
Figure 7 summarizes the general observations from the field data that EVS channel aware mode can achieve the same voice quality (P.OLQA = 3.8) as AMR-WB 23.85 with ~5dB link budget gain. 

[image: image9]
Figure 7: Field data representing RSRP vs. MOS (P.OLQA)
In live network B, the performance of the EVS channel aware mode, EVS-WB at 7.2 kbps, and AMR-WB 12.65 kbps at the cell edge in indoor coverage was compared as follows:

· Recorded RTP packet logs from OTA M-to-M AMR-WB 12.65 kbps calls (same TBS as 13.2 kbps EVS Ch-aw mode) which spanned a range of RSRP and RTP loss rates (main focus was on segments of the logs which resulted in 0-8% RTP packet loss rate)

· Derived delay loss profiles from 2-3 min segments of RTP packet logs and repeated to extend to at least 6 mins; c-simulation of EVS/AMR-WB encoding, delay loss profile injection, DJB and EVS/AMR-WB decoding; computed P.OLQA on decoded output for different FERs. 

· Calls were consistently maintained (without drops) at 6-8% FER ; Avg. RSRP -125.43 dBm

The resulting P.OLQA scores based on RTP packet logs from the field test (illustrated in Figure 8) confirm the underlying voice quality equivalence for the link budget gains, i.e. voice quality of EVS Channel Aware mode @ 6% FER equal to AMR-WB 12.65 @ 1% FER. Furthermore, combining Figure 3 and Figure 8, the point in the cell where EVS Channel Aware mode is subject to 6% BLER is significantly better in voice quality than EVS 7.2 kbps which would experience a BLER of 3%.


[image: image10]
Figure 8: P.OLQA vs. FER
The quality benchmark for this exercise was chosen to be AMR-WB 12.65 kbps at 1% target BLER which is the “HD Voice” experience delivered by commercial 3GPP networks at cell center. The BLER targets for the different EVS modes were chosen such that the resulting voice quality is equal or better than AMR-WB @ 1% BLER. Table 1 lists the EVS modes, corresponding transport block size (TBS) and BLER target included for the simulation study. Annex B provides details of how the transport block size was derived from source rate. 

	EVS mode
	Transport Block Size 
	Target BLER

	7.2 kbps WB
	208
	1%

	8 kbps WB 
	224
	1%

	9.6 kbps WB 
	256
	1%

	13.2 kbps WB Channel Aware (Ch-Aw) mode
	328
	6%


Table 1: EVS modes and corresponding BLER targets to meet or exceed the voice quality benchmark

Detailed analysis and results from both 3GPP subjective testing [1] and P.OLQA based objective testing/correlation to subjective MOS [2] were used to establish the above mentioned BLER targets that provide similar voice quality to the reference. EVS 13.2 kbps WB Ch-Aw mode incorporates advanced error concealment techniques for significantly improved robustness against packet losses which allows the target BLER to be increased to 6% while maintaining the same voice quality as AMR-WB at 1% BLER as seen in [1] and [2]. SWB Ch-Aw mode will offer significantly improved voice quality as compared to the WB Ch-aw mode at the same bit-rate of 13.2 kbps and BLER target.

A delay budget of 50 ms was chosen for the simulation which pertains to 7 transmissions (Tx) without TTI-bundling (TTI-B) and 4 transmissions with TTI-B.

UL curves of BLER versus SNR were generated for the different TBSs (corresponding to the EVS bit-rates in Table 1) for up to 7 Tx for no TTI-B case and up to 4 Tx for TTI-B case. This was run for EPA 5.5 Hz and ETU 55 Hz channel models. 

Additional simulation configuration: UE Tx power = 23 dBm, eNB noise figure = 5 dB, numRB=1 and variable MCS as shown in the title of each figure.

The BLER targets specified in Table 1 were then applied to the UL curves to develop the comparative link budget analysis of the different EVS modes with respect to AMR-WB 12.65 kbps.
UL curves of BLER versus SNR were generated for the different TBSs (corresponding to the EVS bit-rates in Table 1) for up to 7 Tx for no TTI-B case and up to 4 Tx for TTI-B case. This was run for EPA 5.5 Hz and ETU 55 Hz channel models. 

Additional simulation configuration: UE Tx power = 23 dBm, eNB noise figure = 5 dB, numRB=1 and variable MCS as shown in the title of each figure.

The BLER targets specified in Table 1 were then applied to the UL curves to develop the comparative link budget analysis of the different EVS modes with respect to AMR-WB 12.65 kbps.

Simulation results:
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Figure 9: BLER versus SNR link level curves for 7.2 kbps TBS = 208; 8 kbps TBS = 224;

9.6 kbps TBS = 256; 13.2 kbps TBS = 328 – with TTI-B for EPA 5.5 Hz
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Figure 10: BLER versus SNR link level curves for 7.2 kbps TBS = 208; 8 kbps TBS = 224; 9.6

kbps TBS = 256; 13.2 kbps TBS = 328 – without TTI-B for EPA 5.5 Hz

Table 2 below calls out the SNR value that corresponds to the BLER target specified in Table 1 of Annex B for the different EVS modes and AMR-WB.

	Codec Type
	Channel Model
	Target UL BLER (%)
	Target Total BLER* (%)


	UL TBS (bits)
	UL SNR (dB) with TTI-B
	UL-SNR (dB) without TTI-B

	7.2 kbps WB
	 EPA 5.5/ETU 55
	1.0
	2.0
	208
	-3.29 / -6.57
	0.53 / -3.17

	8 kbps WB
	
	1.0
	2.0
	224
	-3.14 / 6.43
	0.77 / -3.0

	9.6 kbps WB
	
	1.0
	2.0
	256
	-2.67 / -5.86
	1.35 / -2.5

	13.2 kbps WB-Channel Aware Mode
	
	6.0
	8.0
	328
	-4.86 / -6.71
	-1.29 / -3.57

	AMRWB 12.65kbps (Ref)
	
	1.0
	2.0
	328
	-2.33 / -5.29
	+1.57 / -2.43


*Total BLER assumes 1% BLER on downlink

Table 2: UL-SNR values corresponding to BLER targets for EVS and AMR-WB

Annex B: EVS Channel-Aware Mode
EVS offers partial redundancy based error robust channel aware mode at 13.2 kbps for both wideband and super-wideband audio bandwidths.

In a VoIP system, packets arrive at the decoder with random jitters in their arrival time. Packets may also arrive out of order at the decoder. Since the decoder expects to be fed a speech packet every 20 ms to output speech samples in periodic blocks, a de-jitter buffer is required to absorb the jitter in the packet arrival time. The channel aware mode combines the presence of a de-jitter buffer with partial redundancy coding of a current frame which gets piggy-backed onto a future frame. At the receiver, the de-jitter buffer is polled to check if a partial redundant copy of the current lost frame is available in any of the future frames. If present, the partial redundant information is used to synthesize the lost frame which offers significant quality improvements under low to high FER conditions. Source control is used to determine which frames of input can best be coded at a reduced frame rate (called primary frames) to accommodate the attachment of redundancy without altering the total packet size. In this way, the channel aware mode includes redundancy in a constant-bit-rate channel (13.2 kbps).

The spacing between the packet containing the primary frame and the future packet containing the partial redundant frame determines the maximum burst error length that the error resiliency mechanism can correct.  This spacing is configurable but defaults at 3 frames.

Annex B: Transport block size for EVS rates
	EVS codec rate
	Bits per speech frame


	Speech frame size (in bytes)
	RTP header (ROHC)
	PDCP
	RLC
	MAC
	Additional overhead (*)
	Total (bytes)
	TBS (bits) 

	EVS 7.2 kbps
	144
	18  

 
	3
	1
	1
	1
	2
	26
	208

	EVS 8 kbps
	160
	20

 
	3
	1
	1
	1
	2
	28
	224

	EVS 9.6 kbps
	192
	24 

 
	3
	1
	1
	1
	2
	32
	256

	EVS 13.2 kbps
	264
	33

 
	3
	1
	1
	1
	2
	41
	328


* Additional overhead to handle small variations in ROHC header size and/or L2 header size (e.g. short BSR, PHR)
A








3GPP

SA WG2 TD


[image: image19.png]-126

RSRP vs MOS (P.OLQA) Score

~ 5dB RSRP Gap
at MOS=3:8 level ,

-124 -122 -120 -118 -116 -114
RSRP (dBm)

——— EVS MOS =—@=— AMR WB 23.85 MOS =—@=—AMRWB 12.65M0S ====- EVSfitting =====

-112

-110

5.00

4.50

4.00

3.50

3.00

2.50

2.00

1.50

1.00

0.50

0.00
-108

AMR-12.65 Fitting

MOS (POLQA score)




[image: image20.png]P.OLQA Box




[image: image21.png]P.OLQA

P.OLQA vs FER

® AMRWB1265 @®EVS7.2WB ®EVS132CA WBRF3 ® EVS132CASWB RF3

EVS Ch-aw mode at 6% frame erasure (FER) is equal to AMR-WB
1265 at 1% FER

EVS Ch-aw mode at 6%
frame erasure (FER) is better
than WB 7.2 kbps at 3% FER

2.60 T T T T T T T T
0.00 1.00 2.00 3.00 4.00 5.00 6.00 7.00 8.00 9.00

FER Percentage



[image: image22.png]Market-2 [2600MHz, LTE-TDD]

M EvS 132 SWB In




