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1 Introduction
Clause 5.2 of the MCPTT Technical Report [1] recommends requirements for a mandatory MCPTT codec based on the performance of the codec over MCPTT bearers.  The requirement is that the mandatory codecs for MCPTT terminals, when operating over MBMS bearers, meet or surpasses the performance of AMR-WB over current commercial 3GPP networks (the “HD Voice” experience) in terms of coverage, error-resiliency, speech quality, speech intelligibility, and call capacity across all MCPTT radio bearers.
2  “HD-Voice” AMR-WB performance over 3GPP networks
The “HD Voice” refererence desribes the quality of experience across the listed KPIs (speech quality, speech intelligibility, error resiliency, and call capacity) of AMR-WB in todays commercial VoLTE networks: AMR-WB at 12.65 kbps operating over a unicast LTE PS channel with 1% FER per mobile link (as specified for QCI=1) resulting in 2% total FER in mobile-to-mobile calls.  
To charaterize the reference coverage in a VoLTE system using unicast power-controlled channels with HARQ Re-TX and QCI = 1 this document uses the VoLTE field test results illustrated in figures 2.1 and 2.2 below.  Figure 2.2 excludes the zero RTP loss rate data to allow the reader to see the non-zero cases more clearly.
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Figure 2.1 CDF of end-to-end RTP packet loss rate for VoLTE mobile-to-mobile calls.  Zero RTP loss values INCLUDED.
These measurements are based on logs taken over 6000 calls over various commercial LTE networks spanning multiple continents, with each call averaging 34 seconds in duration (actually a mix of many short 30s calls and several hours of long calls).  The RTP loss rate is calculated over 1 second windows and includes stationary and mobile UE’s in good and bad coveage conditions.

It can that seen that about only about 90% of the cell area has an end-to-end FER <=2%.  This is interpreted to mean that the reference “HD Voice” coverage is equivalent to 90% of the cell area.  In the remaining 10% the AMR-WB codec speech quality starts to degrade at FERs above 2%.
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Figure 2.2 CDF of end-to-end RTP packet loss rate for VoLTE mobile-to-mobile calls. Zero RTP loss values EXCLUDED.

3 MCPTT Bearers
The MCPTT service can be operated over three types of bearers depending on the network topology that is most appropriate among those available.  The following sections describe these bearers and also the channel models used to provide the simulation results in the next section.

3.1 Unicast bearer 
MCPTT can be operated over unicast channels in the same way the teleconferencing is performed in today’s mobile networks using a central conferencing server for duplicating and distributing media (Figure 3.1.1).  
Each of the LTE unicast channels is a power-controlled channel that also use retransmission schemes such as HARQ to provide a target BLER or packet loss rate to the VoIP frames transmitted over the channel.
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Figure 3.1.1 MCPTT topology using unicast bearers

When using AMR-WB in this topology, the coverage, error-resiliency, speech quality, speech intelligibility, and call capacity is equivalent to that of “HD Voice.”
When evaluating the performance of EVS and AMR-WB over the unicast bearers, the EVS characterization report [5] used the delay-loss profiles defined in [6] and introduced additional delay-loss profiles.
3.2 MBMS bearer
When multiple participants in a group are in a single cell the system can reduce the resources needed to support the users by having them share a common downlink MBMS bearer.  This shared channel has the following characteristics:

1. It is not power-controlled.  There is no dynamic feedback by which the eNB can decide to dynamically adjust its transmission resources to improve error performance or meet a target error rate.

2. Use of retransmissions is “blind” in that the retransmissions are not sent based on dynamic feedback such as ACK/NACKs.  These retransmissions cannot be used to guarantee a certain level of performance or target error rate throughout the cell.

Therefore, error rates on the MBMS bearer can vary considerably throughout the cell, e.g., indoors, basements, elevators, stairwells, or the edge of cell in an SC-PTM topology (see below).
The topology for using an MBMS bearer can be configured in two ways:
1. As a Single-Cell Point-to-Multipoint (SC-PTM) bearer where adjacent cells do not necessarily transmit the same group’s content on the same MBMS bearer.  In this topology the adjacent cells typically interfere with the MBMS bearer in the serving cell resulting in poorer coverage than the MBSFN topology.
2. As part of a MBSFN, where all the cells are broadcasting the same content on the same MBMS bearers, preventing inter-cell interference and allowing the users to combine these transmissions to improve coverage and reception.

The simulation model used to evaluate the performance of 3GPP speech codecs over MBMS bearers is described in Annex 9.1

3.3 LTE-D bearer 
LTE-Direct communication is a broadcast mechanism (no physical layer feedback) that defines two physical channels, control and data, for communication between two (or more) UEs. The resources used for direct communication comprise of control and data resources. For in-network operation, a control resource pool is provided via RRC signalling while for off-network operation, the control resource pool is pre-configured. Further, two modes of resource allocation are supported: Mode 1 (in-network) and Mode 2 (in-network and off-network) as illustrated in Figure 3.3.1. 
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Figure 3.3.1 LTE-D operation

Here, we focus on Mode 2 (off-network) scenario. In Mode 2, the transmitting UEs determine the resources to be used for control and data transmission.  UE transmits control to announce resources to be used for subsequent data transmission. Receiving UEs monitor the control resources to determine when to wake-up and listen for data transmission.
We evaluate performance of LTE-D based on system and link level simulations in [11] for off-network scenario. In particular, we use the mandatory Option 5 hotspot drop from [11] for system level simulations.   
4 AMR-WB and EVS Performance over the MCPTT Bearers
Enhanced Voice Services (EVS) is a new speech codec standard (part of 3GPP Release 12) which offers a wide range of new features and improvements for low delay real-time communication. The key advancements fall into three categories namely significantly improved quality for clean/noisy speech and music content, higher compression efficiency and unprecedented error resiliency to packet loss and delay jitter experienced in PS systems. In addition to voice quality and intelligibility aspects, we present methods on how to utilize some of the EVS codec advancements to realize MCPTT system level benefits such as improved coverage and call capacity gains.
4.1 EVS Speech Quality
EVS Selection and Characterization Phase Test Results are summarized in the main body and detailed in Annex D of TR 26.952. In this section we highlight a few test results to quantify the improvements of the EVS codec along the three dimensions listed above, i.e., speech quality
, compression efficiency, and error resiliency. To further simplify the performance comparison we establish a reference point for benchmarking, namely AMR-WB at a bit-rate of 12.65 kbps based on commercial grade HD Voice services available today. 

Three mixed bandwidth DCR (Degradation Category Rating) tests were performed as a part of EVS Characterization testing whose results are shown in Figure 13 of [1].
In general, EVS-WB codec offers quality significantly better than AMR-WB at a similar bit-rate and quality equivalent to AMR-WB at a lower bit rate. The EVS-SWB codec performance is significantly better than both AMR-WB and corresponding bit rates of EVS-WB.

For clean speech content (Figure 13a), the lowest bit-rate of EVS-WB namely 5.9 kbps can offer quality significantly better than AMR-WB at 8.85 kbps and equivalent to AMR-WB at 12.65 kbps. The subjective quality of EVS-WB coding starting at 9.6 kbps is significantly better than the AMR-WB coding at its highest bit rate of 23.85 kbps. The super-wideband mode of EVS at 13.2 kbps achieves transparency to the direct source and offers quality significantly better than both 23.85 kbps of AMR-WB and 24.4 kbps of EVS-WB.

For noisy speech (Figure 13b), EVS-WB at 9.6 kbps offers quality on par with AMR-WB at 12.65 kbps. This has also been shown across different languages/noise types and summarized in TR 26.952. However, none of the noisy speech tests included the presence of a front end noise suppression, which is expected to establish the equivalence to AMR-WB 12.65 kbps quality at a bit-rate lower than 9.6 kbps by providing a higher SNR at the input to the coder. EVS-WB at 13.2 kbps offers quality on par with AMR-WB at approximately twice the bit-rate with consistent progression in subjective quality with increasing bit-rates.  The subjective quality of EVS-SWB coding at 13.2 kbps is significantly better than that of AMR-WB at 23.85 kbps and EVS-WB at the same bit-rate.

For mixed/music coding (Figure 13c, 13d) under clean channel conditions, both the EVS-WB and SWB codec starting at 13.2 kbps achieves subjective quality that is significantly better than that of AMR-WB at any bit-rate. For North American English music and mixed content (Figure 13d), EVS-SWB coding performs significantly better than EVS-WB at the same bit rate.
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Figure 4.1.2: EVS-SWB Channel aware mode clean speech performance under clean and impaired channels (Mixed bandwidth DCR Test), (a) Danish, (b) North American English
Figure 4.1.2 shows the EVS-SWB channel aware mode performance at 13.2 kbps under clean channel as well as under five different delay/loss profiles (Profiles 5, 7, 8, 9, and 10) which simulate impaired channel characteristic with varying delay and jitter. Profile 5 is a MTSI delay loss profile from TS 26.114 and profiles 8-10 are VoLTE delay loss profile used for characterization testing of EVS channel aware mode [http://www.3gpp.org/ftp/tsg_sa/WG4_CODEC/EVS_Permanent_Documents/EVS-7c_S4-141392.zip]
Most 3GPP networks are expected to be configured such that the FER is around 1% for each link. While the 2% data point was not tested in this test, we make comparisons between the EVS modes versus AMR-WB at the nearest data points namely, 0% (clean channel) and 3% FER.

In general, the 13.2 kbps EVS-SWB clean speech performance under impaired channel with channel aware mode enabled is significantly better than without channel aware mode which in turn is significantly better than AMR-WB at its highest bit-rate of 23.85 kbps. For both languages, the quality of EVS SWB 13.2 kbps channel aware and non-channel aware modes in clean channel are significantly better than AMR-WB at its highest bit-rate of 23.85 kbps.
For North American English (Figure 4.1.2b), EVS SWB 13.2 kbps channel aware mode operating at around 6% FER delivers quality on par with that of the highest bit-rate of AMR-WB (23.85 kbps) under no loss. The 13.2 kbps SWB non-channel aware mode is able to achieve the quality equivalence to AMR-WB 23.85 clean channel when operating at around 3% FER. EVS 13.2 kbps channel aware mode even at 10% FER delivers quality better than AMR-WB 23.85 kbps at 3% FER, while the 13.2 kbps EVS SWB non-channel aware mode can operate at 8% FER but achieve quality equivalence to AMR-WB 23.85 kbps at 3% FER.

For Danish (Figure 4.1.2a), EVS SWB 13.2 kbps channel aware mode operating at around 3% FER delivers quality on par with that of the highest bit-rate of AMR-WB (23.85 kbps) under no loss. EVS 13.2 kbps channel aware mode even at 10% FER delivers quality equivalent to AMR-WB 23.85 kbps at 3% FER, while the 13.2 kbps EVS SWB non-channel aware mode can operate at 6% FER to achieve quality equivalence to AMR-WB 23.85 kbps at 3% FER. 
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Figure 4.1.3: EVS-SWB Channel aware mode noisy speech performance under clean and impaired channels (North American English with car noise @ 15 dB SNR- Mixed bandwidth DCR test)
In general, the 13.2 kbps EVS-SWB noisy speech performance under impaired channel with channel aware mode enabled is significantly better than without channel aware mode which in turn is significantly better than AMR-WB at its highest bit-rate of 23.85 kbps.

For North American English with car noise at 15 dB SNR, EVS SWB 13.2 kbps channel aware mode operating at 10% FER and the EVS SWB non-channel aware mode operating at 6% FER can achieve quality equivalence to AMR-WB 23.85 kbps at 3% FER.
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Figure 4.1.4: EVS-WB Channel aware mode clean speech performance under clean and impaired channels (Single bandwidth ACR test –Experiment W1 from EVS Characterization Testing) (a) North American English, (b) Mandarin
For North American English (Figure 4.1.4a), the 13.2 kbps EVS-WB clean speech performance under impaired channel with channel aware mode enabled is significantly better than without channel aware mode which in turn is significantly better than AMR-WB at 15.85 kbps. The quality of EVS WB 13.2 kbps channel aware and non-channel aware modes in clean channel are significantly better than AMR-WB at 15.85 kbps.

Specifically, it can be seen that for both languages tested, the EVS 13.2 kbps channel aware mode operating at 10% FER can deliver quality on par with AMR-WB at 15.85 kbps at 3% FER. In addition, the 13.2 kbps non-channel aware mode can operate at 6% FER to achieve equivalence to AMR-WB 15.85 kbps at 3% FER. 

Since AMR-WB 12.65 kbps at 2% FER (“HD Voice” center of cell speech quality) quality benchmark was not included in the tests summarizes in Figures 4.1.4a and 4.1.4b, the source used P.OLQA to determine the frame error rate at which the 13.2 kbps EVS WB channel aware and non-channel aware modes is equal to the “HD Voice” reference speech quality.
The source presents below the result of a study to characterize the correlation between subjective MOS and P.OLQA [10]
 for the North American English Absolute Category Rating (ACR) MOS test results shown in Figure 4.1.4a. A North American English database comprising of 3 male and 3 female talkers with 5 sentence pairs per talker was used for computing the P.OLQA scores. The sentence pair wise scores for each condition was averaged to obtain a single P.OLQA score for the condition. 

To study the correlation between the POLQA and subjective MOS, we plot the relationship between the two in Figure 4.1.5. The data points in this plot include the subjective MOS scores from Figure 4.1.4a and POLQA scores computed as described above. The data points used for this plot include all conditions (clean channel and all delay loss profiles tested) of AMR-WB 15.85 kbps, EVS-WB 13.2 kbps non-channel aware and channel aware modes (a plot showing the correlation with the channel and non-channel aware modes separated is provided in clause 9.2 of the Annex). The “Linear (AMR-WB)” line represents the linear regression between AMR-WB MOS and the corresponding POLQA scores. Therefore, if we assume that the “Linear (AMR-WB)” represents the true relationship between POLQA and subjective MOS, then it is seen that POLQA underestimates the subjective quality of EVS WB 13.2 kbps modes.
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Figure 4.1.5: Correlation between Subjective MOS and P.OLQA
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Figure 4.1.6: Use of P.OLQA to determine frame error rate for EVS WB 13.2 kbps channel aware and non-channel aware modes at same speech quality as AMR-WB 2% FER
As illustrated in Figure 4.1.6, EVS WB 13.2 kbps channel aware mode operating under 8% FER results in the same P.OLQA score as AMR-WB 12.65 kbps at 2% FER. The corresponding data point for the non-channel aware mode is 4% FER. The 3, 6, 8 and 10% FER data points (anchors) shown on the X-axis in Figure 4.1.6 were simulated via delay loss profiles 7, 8, 9 and 10 respectively (used in ACR MOS results shown in Figure 4.1.4a). Delay loss profiles to simulate the other FER data points were created as a random subset of the nearest highest FER anchor. For example the 1 and 2% FER profiles were created as a subset of delay loss profile 7 (3% FER).

Taking into account the under estimation observed in Figure 4.1.5 and results from the subjective MOS tests shown in Figure 4.1.4a and 4.1.4b,  it can be seen that the above determination of frame error rate for EVS-WB 13.2 kbps channel aware and non-channel aware modes to achieve the same speech quality as AMR-WB 12.65 kbps at 2% FER, is conservative. The respective SWB modes will provide significantly improved voice quality as compared to the 13.2 kbps WB modes which will result in even higher frame error rates than what is determined above for the WB modes.
4.2 Unicast bearer
Speech quality: Power controlled LTE unicast channels are typically configured to operate at a target BLER of 1% per link. The results presented in Section 4.1 show that EVS WB at 13.2 kbps (channel aware or non-channel aware) can offer significant quality improvement over “HD Voice” quality. Furthermore the EVS-SWB mode operating at 13.2 kbps (channel aware and non channel aware) offers significantly better audio quality than EVS-WB at the same bit-rate. This applies to a wide range of input signals which include clean speech, speech with background noise and mixed/music content.
Speech intelligibility : EVS offers significant voice quality improvement over AMR-WB (HD voice). The improved robustness to background noise and resiliency to errors are particularly relevant to MCPTT service. In clean channel conditions, as observed in the NTIA report [4] for the very low SNR conditions in the range of [10 to -5 dB], the intelligibility performance of EVS FB codec is equivalent or better than that of AMR-WB (HD voice). Intelligibility in channel errors is not evaluated and is for further study.
Error resiliency and Coverage : Although retransmission schemes such as HARQ maybe used for tight control of the target BLER, due to the power limited uplink, the cell edge or deep indoors may still experience higher BLER (>1%). As seen in Section 4.1, under these conditions the EVS WB and SWB channel aware mode will offer significantly better speech quality than AMR-WB at 12.65 kbps due to improved error resiliency. It can be appreciated that the EVS WB channel aware mode at 13.2 kbps can tolerate upto 8% FER and still deliver the same speech quality as AMR-WB 12.65 kbps operating at 2% FER which is center of the cell “HD Voice” speech quality. The ability to sustain the link while tolerating higher path loss results in improved link budget/coverage. The EVS SWB channel aware mode at 13.2 kbps can tolerate even higher FER (upto 10%) for further extending coverage while maintaing HD Voice center of cell speech quality. The 13.2 kbps EVS WB and SWB non-channel aware modes can also operate at higher FER(4% for WB non-channel aware mode as shown in Section 4.1) and deliver “HD Voice” center of cell speech quality therby resulting in improved coverage, albeit lower than that of the channel aware mode.
Call capacity : The 13.2 kbps EVS modes utilize the same transport block size as AMR-WB 12.65 kbps. This results in the same cell site voice capacity as AMR-WB 12.65 kbps. If coverage is kept a constant, the improved error resiliency can be utlized for capacity gains by increasing the packet loss rate by not transmitting the packet at the UE itself. The power at which each packet is transmitted would not be lowered but this mechanism can result in power savings at the UE due to reduced ON time or reduced number of transmissions (analogous to DTX or blanking but for active speech). Incorporating this into the scheduler can reduce the average number of resource blocks required thereby freeing up resources either to add more users or for best effort traffic. The capacity gains are directly proportional to the maximum FER rate at which the EVS mode can still maintain HD voice centre of cell voice quality. Correlating to speech quality discussed in Section 4.1, at 13.2 kbps the EVS SWB channel aware mode would offer the highest capacity gains followed by EVS WB channel aware, EVS SWB and WB non-channel aware modes. For example, reducing ON time by 10% (i.e. blanking 10% of the active frame vocoder packets) when operating in EVS SWB channel aware mode can result in 18% capacity gains measured in terms of number of additional users per cell site.

The lower bit-rates of EVS namely the 5.9 VBR and 7.2 kbps WB modes can offer significant cell site voice capacity improvements due to utilizing smaller tranport block sizes/resource blocks. [3] demonstrates that the EVS VBR 5.9 mode can get 41% more capacity than AMR 12.2, which has the same capacity as AMR-WB 12.65. EVS 7.2 kbps can offer 35% more capacity than AMR 12.65 kbps. Correlating to speech quality results discussed in Section 4.1, it can be seen that this significant capacity gain improvement is achieved while maintaining “HD Voice” speech quality. 
4.3 MBMS bearer
The simulation results in this section demonstrate EVS and AMR-WB performance on the downlink MBMS bearer and compare this to the reference. The error conditions and scheduler assumptions considered in the MBMS downlink bearer in these simulations, including the defition of Case 1 and Case2,  are detailed in Section 9.1.  The results provided are the output of simulations conducted by one source company using the models described in Section 9.1.
Figures 4.3.1 (Superwideband) and 4.3.2 (Wideband) show speech quality comparison of EVS vs AMR-WB for Case 1 in Section 9.1.3. Simulated error conditions in the downlink MBMS bearer channel is given in Table 9.1.3.1. In all MBMS bearer scenarios considered, EVS significantly outperforms AMR-WB in terms of voice quality.
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Figure 4.3.1 P.OLQA scores for Case 1 – Superwideband Speech
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Figure 4.3.2 P.OLQA scores for Case 1 – Wideband Speech

Figures 4.3.3 and 4.3.4 show speech quality for Case 2 described in Section 9.1.3. Total uplink and network error levels of 1% FER are considered with various MBMS bearer conditions in the downlink with 40ms scheduling at eNB, and de-jitter buffering at the receiving MCPTT UE. 

AMR-WB is unable to meet the reference error resilience, speech quality, and speech intelligibility in all scenarios except for the 1% FER cases.  EVS meets or exceeds these reference KPIs in most cases. In addition, both EVS wideband and superwideband modes offer notable improvement in voice quality over AMR-WB under various error conditions considered here. 

In certain cases (e.g v120_b5_4 profile in Figure 4.3.3) the improvement in P.OLQA scores by EVS over AMR-WB is 0.65, while AMR-WB yield low P.OLQA scores around 2.84. This may translate into scenarios where an end user may not understand certain portions of speech with AMR-WB under certain FER conditions in the MBMS coverage area, while EVS would provide clear and meaningful speech.

In most test cases considered under Case 1 and Case 2 above, AMR-WB is unable to meet the reference “HD Voice” quality as it suffers from a significant reduction in voice quality during channel errros. From a coverage perspective, this would be experienced as significant degradation in voice quality in areas exhibiting above channel characteristics with errors. Above results also demonstrate how the EVS can compensate for errors significantly better than AMR-WB. Note that the improvement of speech quality over AMRWB offered by EVS Channel Aware mode increases, when more errors are present in the downlink MBMS bearer channel.
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Figure 4.3.3 P.OLQA scores for Case 2 – Superwideband Speech
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Figure 4.3.4 P.OLQA scores for case 2 – Wideband Speech
Error resiliency, Speech Quality, and Speech Intelligibilty:

The results in this section show that EVS can withstand MBMS channel errors much better than AMR-WB. With increasing error rates in the MBMS downlink, AMR-WB speech quality degrades at a faster pace, while EVS is able to maintain a reasonable level of speech quality.

In all of the MBMS bearer scenarios, with the exception of FERs >= 3% in Case 2 wideband, the EVS channel-aware mode is able to meet or exceed the performance of the reference error resiliency, speech quality, and speech intelligibility.  

In most of the MBMS bearer scenarios (FER<4% for SWB and FER<3% for WB), EVS non-channel aware mode is able to meet or exceed the performance of the reference. 

In all the cases where EVS non-channel aware mode can not meet the reference, it significantly outperforms AMR-WB. AMR-WB fails to meet the reference in all scenarios except for the 1% FER cases.

Coverage:
Tables 4.3.1 and 4.3.2 show that EVS channel aware and non-channel aware modes provide significantly better and better coverage than AMR-WB, respectively, due to their ability to handle higher FERs with less degradation in voice quality.

The simulations discussed in section 9.1.1 demonstrated that less than 95% of the cell coverage area can support FER <=1% on the MBMS bearer downlink in SC-PTM when two rings of adjecent cells are only transmitting at 50% interference.  Unfortunately, we are unable to generate more simulation results showing exactly how much cell coverage area provides <=1% FER and how much provides <=5% FER using SC-PTM.

However, it is expected that relaxing the FER target to 5% in the simulations will improve the coverage enough to cover at least 90% of the cell and thus demonstrate that EVS channel aware mode operated over the SC-PTM in the simulated conditions can at least meet the reference coverage.  

A comparison of MBMS MBSFN coverage to the reference was not provided as the source did not have simulations that could be used for this analysis.
Call Capacity:
It is not possible to make a reasonable comparison of the capacity of an MBMS bearer with the capacity of an HD Voice unicast bearer system.  For example, the number of users supported by the MBMS bearer could be very high when there’s a very dense concentration of listeners near the center of the cell.

Nevertheless, the following observations and statements can be made regarding MBMS capacity.

When operating EVS at 13.2 kbps it consumes the same MBMS bearer resources as AMR-WB 12.65kbps.  However, due to the higher error-resiliency of EVS, the number of EVS users that can receive the MBMS speech traffic intelligibly is greater than that of AMR-WB users.  Therefore EVS provides better call capacity than AMR-WB. 
The EVS VBR mode with a lower average rate of 5.9kbps, which provides the same voice quality as AMR-WB 12.65, can also provide an improvement in capacity by using less of the MBMS bearer resources.  This would allow the MBMS bearer to carry concurrently more speech streams of EVS VBR than AMR-WB.
4.4 LTE-D bearer
In order to study and quantify potential coverage (range extension) and power savings benefits of EVS as compared to AMR-WB, the following parameters of RAN1 VoIP traffic model for D2D group broadcast [8] were adapted to reflect EVS codec modes and characteristics.

· Number of Bytes every 20ms 

· ON time – Markov chain modelling for ON-OFF to transition.

· Outage criteria or BLER target

· All other parameters were kept the same,

Gains to KPIs such as link budget/coverage and fraction of successful links can be realized by either relaxation of target BLER requirements (possible due to the EVS codec’s improved error resiliency) or via lower bit-rates (utilizing the EVS codec’s improved efficiency).  The results provided are the output of simulations conducted by one source company.
The EVS bit-rates and operating FER rates (BLER target) summarized in Table 4.4.1 were chosen for RAN1 LTE-D link budget and system simulations. It is important to note each of these EVS configurations provide equivalent speech quality to AMR-WB at 12.65 kbps under 2% FER (“HD Voice center of cell experience), i.e. speech quality has been equalized to this benchmark for purpose of quantifying KPI improvements offered by the EVS modes. In-depth details on audio quality are provided in Section 4.1. 

Table 4.4.1: EVS bit-rates and operating FER rates used for RAN1 LTE-D simulations

	Codec and mode
	On time
	Packet size
	BLER target

	AMR 12.2 kbps/AMR-WB 12.65 kbps
	75%
	44 Bytes
	2%

	EVS 13.2 kbps channel aware mode (Option 1) 
	72.5%
	44 Bytes
	8%

	EVS 13.2 kbps channel aware mode (Option 2)
	66.5%
	44 Bytes
	2%

	EVS 13.2 kbps non channel aware mode (Option 1)
	72.5%
	44 Bytes
	4%

	EVS 13.2 kbps non channel aware mode (Option 2)
	70.5%
	44 Bytes
	2%

	EVS WB VBR 5.9 or 7.2 or 8 kbps 


	72.5%
	31 Bytes
	2%


Note 1: Option 1 is RX side BLER relaxation. Option 2 is TX side relaxation where 6% of the packets are dropped at the transmitter while keeping the same RX BLER target of 2% (net FER is 8%) for the channel aware mode. For non-channel aware mode, 2% of packets are dropped at the transmitter and RX BLER target is kept at 2% (net FER is 4%).

Note 2: The EVS-VBR (variable bit-rate) mode combines bit-rates of 2.8 kbps, 7.2 kbps and 8 kbps to achieve an average bit rate of 5.9 kbps over active speech. For purpose of this simulation, 2.8 kbps and 7.2 kbps packets were zero padded and sent at the same payload size as 8 kbps, i.e. 31 Bytes.

The input speech database was chosen such that the resulting Voice Activity Factor on encoding using the AMR-12.2 kbps or AMR-WB 12.65 kbps codec (used in current VoIP traffic model) is 75%. Note that EVS Voice Activity Factor is lower by 2.5 % as compared to AMR-12.2/AMR-WB 12.65 kbps.

RAN1 LTE-D simulation assumptions (as per [11])

(a) Link level assumptions                                                    (b) System level assumptions  

[image: image31.png]Channel Model EPA
Doppler 10 Hz
Number of PRBs 2

Number of transmissions/packet 4



       

( c ) RAN1 power consumption model

· Sleep power = 0.01 unit per sub-frame

· RX Power = 1 unit per sub-frame

· TX power 

· 20 unit per sub-frame for 31 dBm 

· 1 unit per sub-frame for 0 dBm and below

· Linearly scaled with transmit power between 1mW and 10^3.1mW

Link level comparison and coverage gains offered by EVS modes
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Figure 4.4.1 : Link budget comparison - EPA

Table 4.4.2: Link budget gains and coverage/range extension offered by EVS modes
	Model
	BLER Target
	Gain
	 Distance

 Gain
	  Area

  Gain

	AMR 12.2 kbps/AMR-WB 12.65 kbps
	2%
	    -
	       -
	       -

	EVS – 13.2 kbps channel aware mode (Option 1)
	8%
	2.8 dB
	  17%
	   38%

	EVS – 13.2 kbps channel aware mode (Option 2)
	2%
	0 dB
	-
	      -

	EVS 13.2 kbps non channel aware mode (Option 1)
	4%
	1.9 dB
	    11%
	   24%

	EVS – 13.2 kbps non channel aware mode (Option 2)
	2%
	0 dB
	-
	      -

	EVS WB VBR 5.9 or 7.2 or 8 kbps 
	2%
	1.4 dB
	   8%
	   17%


The amount of gain in coverage will depend on the scenario. An exponent of 4 in path loss (used for O2O LOS and NLOS) was assumed in translation of link budget gains to coverage gain (distance and area).

Power Consumption comparison of EVS modes to AMR/AMR-WB

Table 4.4.3 summarizes the transmit (TX) and receive (RX) side power gains offered by the EVS modes. For the 13.2 kbps channel aware mode Option 2, it is assumed that the RX on time is not reduced as the receiver would keep decoding in the absence of information regarding number of packets being sent (as per Rel-12).

Table 4.4.3: Power consumption gains offered by EVS modes

	Model
	TX Power
	TX Power Gain
	 RX Power
	  RX Power             

  Gain

	AMR 12.2 kbps/AMR-WB 12.65 kbps
	3.01 units
	     - 
	   0.16 units
	        -

	EVS – 13.2 kbps channel aware and non-channel aware modes (Option 1)
	2.91 units
	     3.3% 
	 0.155 units
	   3.1%

	EVS – 13.2 kbps channel aware mode (Option 2)
	2.67 units
	     11%
	 0.155 units
	   3.1%

	EVS 13.2 kbps non channel aware mode (Option 2)
	2.83 units
	     6%
	 0.155 units
	   3.1%

	EVS WB VBR 5.9 or 7.2 or 8 kbps 
	2.91 units
	     3.3% 
	 0.155 units
	   3.1%


Example computation :
AMR TX Power = 20 (TX Power) * 0.75 (On time) * 4/20 (Transmissions frequency) + 0.01 (sleep power)

AMR RX Power = 1 (RX Power) * 0.75 (On time) * 4/20 (Reception frequency) + 0.01 (sleep power)

Comparison of Call Capacity measured in terms of fraction of successful links (system level simulation)
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Figure 4.4.2 – System capacity comparison (3TX/cell)

The capacity comparison plot shown above presents the results of system level simulation keeping the same number of TX (3) per cell for both AMR/AMR-WB and the different EVS modes. Capacity is measured in terms of the fraction of successful links, i.e. the fraction of links where fraction of packets missed by a link <=Target BLER.

The Table4.4.4 below summarizes the gain measured in terms of fractional of successful links.

Table 4.4.4: Increase in fraction of successful links offered by EVS modes (3TX/cell)

	Model
	BLER Target
	Fraction of successful links 
	   Gain

	AMR 12.2 kbps/AMR-WB 12.65 kbps
	2%
	     80%
	       -

	EVS – 13.2 kbps channel aware mode (Option 1)
	8%
	     96%
	   20%

	EVS – 13.2 kbps channel aware mode (Option 2)
	2%
	    83%

	    3.7%

	EVS 13.2 kbps non channel aware mode (Option 1)
	4%
	     89%
	    11%

	EVS WB VBR 5.9 or 7.2 or 8 kbps 
	2%
	     85%
	   6.2%


The system level simulation to study capacity gains of the EVS modes over AMR/AMR-WB was repeated after increasing the number of TX from 3 to 4 per cell. As shown in Table 4.4.5, this results in a lower fraction of successful links (RX side) when compared to the corresponding entry in Table 4.4.4, but results in higher gains when TX and RX are combined.
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Figure 4.4.3 System capacity comparison (4TX/cell)

	Model
	BLER Target
	Fraction of successful links 
	  Gain

  over 

  AMR/AMR-

  WB 4TX/cell 
	  Gain

  over 

 AMR/AMR-

 WB 3TX/cell

 (TX and RX  combined)

	AMR 12.2 kbps/AMR-WB 12.65 kbps 
	2%
	     70%
	· 
	   16%

	EVS – 13.2 kbps channel aware mode (Option 1)
	8%
	     91%
	   30% 
	   51.6%

	EVS – 13.2 kbps channel aware mode (Option 2)
	2%
	    74%
	   5.7%
	  23.3%

	EVS 13.2 kbps non channel aware mode (Option 1)
	4%
	     81%
	    15.7%
	   35%

	EVS WB VBR 5.9 or 7.2 or 8 kbps 
	2%
	     75%
	   7%
	  25%


Table 4.4.5: Increase in fraction of successful links offered by EVS modes (4TX/cell).

Error Resiliency and Coverage:  
EVS 13.2 kbps channel aware mode (Option 1) offers the highest gain (over AMR 12.2kbps/AMR-WB 12.65 kbps) in terms of link budget (2.8 dB) and coverage (17% gain in distance and 38% gain in area) followed by the 13.2 kbps non channel aware mode (Option 1) and 5.9 VBR/7.2/8 kbps low bit-rate WB modes. 

As seen in Figure 4.4.2, for AMR-WB 12.65 kbps case (red curve), only 80% of links have BLER <= 2% i.e. are at HD-Voice center of cell speech quality. The 20% of links where BLER >2% may be classified as regions of bad coverage which will experience significantly lower speech quality than the center of the cell. With EVS 13.2 kbps channel aware mode (Option 1) or non-channel aware mode (Option 1), the fraction of links which will experience “HD Voice” center of cell speech quality, increases to 96% or 89% respectively which roughly speaking brings EVS over LTE-D coverage closer to that of the reference “HD-Voice” coverage. The respective SWB modes will further increase the fraction of links which experience “HD Voice” center of cell speech quality.

Speech Quality and Intelligibility: 
EVS offers significantly improved voice quality over “HD Voice” center of cell experience for 80% of links which experience BLER <=2% (Figure 4.4.2). The conclusions drawn in Section 4.2 (Speech Quality and Intelligibility on LTE unicast bearer) also apply to this scenario. Techniques described in this paper such as increasing the target BLER or lowering of bit-rate can be applied to AMR-WB to realize range/coverage extension. However this will result in significantly degraded speech quality and intelligibility failing the “HD Voice” quality requirement.

Power Consumption: The EVS modes offer power consumption gains over AMR/AMR-WB due reduced ON time. The 13.2 kbps EVS channel aware mode (Option 2) can achieve 8.5% reduction in the ON time when compared to AMR/AMR-WB, which translates to 11% TX Power gain followed by the non-channel aware mode (Option 2), channel aware/non-channel aware modes (Option 1) and 5.9 VBR/7.2/8 kbps low bit-rate WB modes. 

Fraction of successful links (Call Capacity): 
It is not possible to make a reasonable comparison of the capacity of an LTE-D bearer with the capacity of an HD Voice unicast bearer system.  For example, the capacity of LTE-D could be very high when there’s a very dense concentration of listeners near the talker.

Nevertheless, the following observations and statements can be made regarding LTE-D capacity.

The EVS 13.2 kbps channel aware mode (Option 1) offers the highest gain in fraction of successful links followed by the non-channel aware mode (Option1) and channel aware mode Option 2/5.9 VBR/7.2/8 kbps low bit-rate WB modes.  The ability of EVS, especially in channel-aware mode, to support another transmitter without causing as severe interference to EVS listeners as to AMR-WB listeners in the cell is very relevant in that it allows the cell to support another MCPTT group.  This is essentially increasing capacity for the cell to support MCPTT groups by 33% (from 3 to 4) which could be critical in disaster situations where multiple public safety groups (e.g., police, fire-fighters, medical, hazardous materials teams) may be operating concurrently in a particular cell.
The target BLER operating points in Table 4.4.1 for the 13.2 kbps EVS channel aware and non-channel aware modes were determined for the WB modes and were based on speech quality results presented in Section 4.1. The 13.2 kbps SWB channel aware and non-channel aware modes will provide significantly better quality than the corresponding WB modes. Alternatively, the improvement in voice quality by going to SWB, can be used to further relax the target BLER requirement or reduce the ON time which will translate to even further gains to the corresponding KPIs (coverage, fraction of successful links or power consumption)



5 Conclusions 
Coverage: 
· EVS exceeds the reference coverage for unicast and LTE-D bearers. 

· EVS exceeds the coverage of AMR-WB over MBMS SC-PTM bearers.  Furthermore, it is expected that EVS should meet, if not exceed, the reference coverage for MBMS SC-PTM bearers
.
· AMR-WB meets the reference coverage for unicast bearers
·  AMR-WB does not meet the reference coverage for LTE-D bearers.  
· Based on the analysis in Clause 4.3, AMR-WB does not appear to meet the reference coverage for MBMS SC-PTM bearers.
Speech Quality
/Error-resiliency: 
· When the MCPTT bearer channel conditions are similar to that of the reference (end-to-end FER <=2%), EVS provides better speech quality than the reference. When the channel conditions get worse, EVS can maintain the same speech quality as the reference for all the MCPTT bearers due to its improved error resiliency.

· AMR-WB is able to provide the reference error-resiliency/speech quality over the unicast bearer.
·  AMR-WB is unable to provide the reference error-resiliency/speech quality for both the MBMS SC-PTM and LTE-D bearers. 
Speech Intelligibility:
· EVS offers significant voice quality improvements over the reference. The improved robustness to background noise and resiliency to errors are particularly relevant to the MCPTT service and in general is expected to result in equal or better speech intelligibly compared to the reference.   
· AMR-WB meets the reference speech intelligibility for unicast bearers.

· AMR-WB does not meet the reference speech intelligibility for LTE-D bearers.
· Based on the analysis in Clause 4.3, AMR-WB does not appear to meet the reference speech intelligibility for MBMS SC-PTM bearers.
Call Capacity

· EVS exceeds the reference capacity for unicast bearers.

· AMR-WB meets the reference capacity for unicast bearers.
· For LTE-D and MBMS (SC-PTM and MBSFN) bearers, it is not possible to make a relevant comparison to the reference capacity.  However EVS provides better capacity than AMR-WB for all of these MCPTT bearers.

In summary,
· In summary, in the cases where the KPIs and MCPTT bearers allow a comparison to the reference “HD Voice” experience, EVS meets or exceeds (or is expected to at least meet in the case of MBMS SC-PTM coverage) the performance of the reference for all the bearers.  For the LTE-D bearers, AMR-WB does not meet the reference requirements, while for the MBMS SC-PTM bearers, AMR-WB does not appear to meet the reference requirements.
· 
· 
6 

7 Proposal

7.1 Technical Report [1]
It is proposed that the following changes be made to the MCPTT Technical Report [1]:

Start of Change
5.1.1.6
Comparison of Performance over MCPTT Bearers

5.1.1.6.1 “HD-Voice” AMR-WB performance over 3GPP networks (section 2 of this paper)

5.1.1.6.2 MCPTT Bearers (section 3 of this paper)
5.1.1.6.2.1 Unicast bearer (section 3.1 of this paper)

5.1.1.6.2.2 MBMS bearer (section 3.2 of this paper)
5.1.1.6.2.3 LTE-D bearer (section 3.3 of this paper)
5.1.1.6.3 AMR-WB and EVS Performance over the MCPTT Bearers (section 4 of this paper)
5.1.1.6.3.1 Unicast bearer (section 4.1 of this paper)

5.1.1.6.3.2 MBMS bearer (section 4.2 of this paper)
5.1.1.6.3.3 LTE-D bearer (section 4.3 of this paper)
5.1.1.6.4 Conclusions (section 5 of this paper)

(The associated annex in section 9 of this paper)
5.1.2 Recommended requirements

It is important that at least one of the codecs supported in all MCPTT terminals is capable of providing equivalent or better performance than 3GPP wideband voice (“HD Voice”) in terms of coverage, error-resiliency, speech quality, speech intelligibility, and call capacity across all MCPTT radio bearers. 

It is recommended that a codec that is important for MCPTT communications be mandated for MCPTT terminals.
It is recommended that a codec that has features that are only “nice to have”, but not essential, for MCPTT communications be recommended for MCPTT terminals. The network transcoding functions have to support this codec if the codec is to be used between terminals in MCPTT sessions.
Requirements for interworking with legacy public safety systems is outside the scope of this release
End of Change
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9 Annex: Simulation Models and Parameters
9.1 MBMS Bearer Simulation Model

9.1.1 Coverage

As described in section 3.1, coverage using an MBMS bearer cannot guarantee a target FER throughout the entire coverage area.  In SC-PTM, the limitations of geometry/SNR and the interference from adjacent cells limits the throughput and error rate that can be achieved.

Simulations of a single cell surrounded by two rings of adjacent cells that transmit at only 50% of their total unicast traffic were performed using the following simulation parameters:

	
	Freq

(MHz)
	Cell Radius

(km)
	Ant Height

(Hb)

(m)
	Avg
Clutter Height
(m)
	Dhb
(m)
	Slope
	I
	Avg EIRP (dBW) in 5 MHz
	eNB Tx Pwr
(dBW)

	D1
	2000
	0.288
	30
	15
	15
	37.6
	128.1
	33
	13


	
	UE 
Ant Loss

(dB)
	Impl.

Loss

(dB)
	Log normal

Shadowing
	Down tilt

(deg)
	Noise
Figure

(dB)
	Penetration
Loss 
(dB)
	Receive 
Height
(m)
	Vert Beam
width

(deg)
	Horiz

Beam
width

(deg)

	D1
	6
	3
	8
	10
	6
	20
	1.5
	10
	70


[image: image19.emf]
Figure 9.1.1.1. Serving cell (green) in the center is surrounded by the two rings of (yellow) cells that are only transmitting at 50% to reduce their interference on the serving cell.
The results of the simulation showed that even with the two rings of neighboring cells reducing their load to 50%, the serving cell could not guarantee an FER <=1% for the entire cell (the coverage was less than 95% of the cell).  The coverage in the serving cell would be even worse when the neighboring cells are transmitting closer to their full load.  Furthermore, other challenging environments such as indoor, basement, elevator, stairwell, etc… reception would further impair the MBMS bearer error rate.

Therefore the MBMS error traces used to evaluate the performance of 3GPP speech codecs were chosen with FER values in the range of 1 to 5%.
9.1.2 Error Traces
During the Application Layer FEC work of Rel-12 an MBMS bearer model was defined and documented in [7] , section 5.3. In communication with RAN1 and RAN2, it was agreed to use a two-state Markov model for the simulation of LTE RLC-PDU losses as shown in Figure 9.1.2.1:
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Figure 9.1.2.1 Markov model for LTE RLC-PDU losses 
The model was parametrized based on the D1 simulation settings of 3GPP TR 36.942..

Table 9.1.2.1 Parameter Settings for MBMS LTE simulations
	Parameter
	Setting

	Center Frequency (MHz)
	2000

	Cell radius (m)
	288

	Bandwidth (MHz)
	5

	Penetration Loss (dB)
	20

	Speed (km/h)
	3

	Antenna Down tilt (degree)
	15

	Antenna Height (m)
	30

	Antenna Clutter Height (m)
	15

	Dhb (m)
	15

	Slope
	37.6

	I
	128.1

	Average EIRP (dBW, 5MHz)
	33

	eNB Tx Power (dBW)
	13

	UE Antenna Loss (dB)
	6

	Implementation Loss (dB)
	3

	Noise Figure (dB)
	6

	Penetration Loss (dB)
	20

	Receiver Height (m)
	1.5

	Vertical Beamwidth (degree)
	10

	Horizontal Beamwidth (degree)
	70


The simulation was carried out with a 19 sites configuration as shown in Figure 9.1.2.2:. Each site has 3 cells. All sites have 100% SFN operation. 30 UEs are uniformly dropped into the center site (dark green one) in each simulation run of 50 sec. In total 900 UEs are dropped and the SNR is sampled accordingly. The overall SNR distribution is also shown in Figure 9.1.2.2. 
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Figure 9.1.2.2 Simulation Grid and SNR distribution
Based on those SNR traces, two representative traces were selected that in combination with MCS24 result in a 1%, 5%, 10% and 20% target BLER. 

The parametrization of the Markov model is as follows: 

· each state persists for 10ms, and 

· a state is good if it has:
· less than 10% packet loss probability for the 1% and 5% BLER simulations, 

· less than 40% packet loss probability for the 10% and 20% BLER simulations.

· MCS=24 was used for all cases and then users at different 'MBMS geometry' were picked to get the different average error rate. 

The parameters for Markov channel modelling are provided in Table 9.1.2.2.
Table 9.1.2.2 Markov channel parameters
	Parameter
	Meaning

	[image: image23.emf]
	transition probability from Good state to Bad state

	[image: image24.emf]
	transition probability from Bad state to Good state

	[image: image25.emf]
	BLER in Good state
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	BLER in Bad state
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	Average Length of Bad state segment

	[image: image28.emf]
	Average length of Good state segment


The time in a good state Tg or time in a bad state Tb may be computed by multiplying the average length of a good (bad) segment by the sampling period. The probability of the good state and probability of a bad state may be computed as q/(p+q) and p/(p+q), respectively.

Specifically, the following parameters for the LTE MBMS channel simulations:

· MCS=9 and MCS=21 with 498 byte RLC-SDU size and 1332 byte RLC-SDU size.

· RLC-SDU distance of 10ms and 40ms for MCS=21

· RLC-SDU distance of 10ms for MCS=9

· Channel model with Markov model loss rate of 1%, 5%, 10% and 20% target BLER with speed 3 kph in Table 9.1.2.3.

· Channel model with Markov model loss rate of 1%, 5%, 10% and 20% target BLER with speed 120 km/h in Table 9.1.2.4.

Table 9.1.2.3 Markov parameters for 3 km/h
	Table 1

3 km/h
	
	
	
	

	 
	BLER = 1%
	BLER = 5%
	BLER = 10%
	BLER = 20%

	 p
	0.58%
	1.80%
	2.79%
	4.61%

	q
	36.13%
	24.01%
	20.90%
	16.80%

	sg
	98.42%
	93.02%
	88.23%
	78.48%

	sb
	1.58%
	6.98%
	11.77%
	21.52%

	pg
	0.03%
	0.06%
	0.56%
	1.16%

	pb
	59.47%
	70.54%
	82.30%
	89.20%

	BLER
	0.97%
	4.98%
	10.19%
	20.12%

	Tg (ms)
	1724 
	555 
	359 
	217 

	Tb (ms)
	28 
	42 
	48 
	60 


Table 9.1.2.4 Markov parameters for 120 km/h
	Table 2

120 km/h
	
	
	
	

	 
	BLER = 1%
	BLER = 5%
	BLER = 10%
	BLER = 20%

	 p
	6.06%
	27.07%
	46.48%
	35.60%

	q
	94.30%
	70.95%
	50.95%
	63.29%

	sg
	93.97%
	72.39%
	52.29%
	64.00%

	sb
	6.03%
	27.61%
	47.71%
	36.00%

	pg
	0.00%
	0.00%
	0.00%
	9.72%

	pb
	17.31%
	19.54%
	22.33%
	40.40%

	BLER
	1.05%
	5.40%
	10.66%
	20.77%

	Tg (ms)
	165 
	37 
	22 
	28 

	Tb (ms)
	11 
	14 
	20 
	16 


Regarding the MCS selection, the optimum operating MCS strongly depends on the deployment scenario, including site-to-site distance, operating frequency, interference conditions at MBSFN area boundaries, etc. Therefore, one specific value is not suitable. Using two different MCS cases can give some diversity in the assumptions, hence a good approach to use the following two values: 

· higher value MCS=21 resulting in RLC-SDU size of 1332 byte.

· lower value corresponding to 1 bit/s/Hz, with MCS=9 resulting in RLC-SDU size of 498 byte.
It is additionally from the following list of available simulation conditions the following were selected as a good candidate representative:
· RLC-SDU distance of 10 ms and 40ms for MCS=21

· RLC-SDU distance of 10 ms for MCS=9
However, in call cases above, the RLC-SDU size is sufficiently large to contain multiple speech frames. Therefore, the focus in the simulation is on the loss patterns and delay. We focus on 10ms and 40ms RLC-SDU distance in the following. Also, the focus for the scenario here is on error rates of at most 5%, as it is believed that higher error rates are unrealistic if no Application Layer FEC is applied, which is the case for MCPTT speech due to tight latency requirements. 
In order to generate appropriate error patterns, the tools attached to TR26.247 and as described in Annex B.2 are used. Specifically the following error patterns are generated.

· java LossVectorGenerator 0.0058 0.3613 0.0003 0.5947 1 44000 0 0 errortrace_v3_b1_10ms_44000_0.txt
· java LossVectorGenerator 0.0058 0.3613 0.0003 0.5947 1 44000 1 0 errortrace_v3_b1_10ms_44000_1.txt
· java LossVectorGenerator 0.0058 0.3613 0.0003 0.5947 1 44000 2 0 errortrace_v3_b1_10ms_44000_2.txt
· java LossVectorGenerator 0.0058 0.3613 0.0003 0.5947 1 44000 3 0 errortrace_v3_b1_10ms_44000_3.txt
· java LossVectorGenerator 0.0058 0.3613 0.0003 0.5947 1 44000 4 0 errortrace_v3_b1_10ms_44000_4.txt
· java LossVectorGenerator 0.0606 0.9430 0.0000 0.1731 1 44000 0 0 errortrace_v120_b1_10ms_44000_0.txt
· java LossVectorGenerator 0.0606 0.9430 0.0000 0.1731 1 44000 1 0 errortrace_v120_b1_10ms_44000_1.txt
· java LossVectorGenerator 0.0606 0.9430 0.0000 0.1731 1 44000 2 0 errortrace_v120_b1_10ms_44000_2.txt
· java LossVectorGenerator 0.0606 0.9430 0.0000 0.1731 1 44000 3 0 errortrace_v120_b1_10ms_44000_3.txt
· java LossVectorGenerator 0.0606 0.9430 0.0000 0.1731 1 44000 4 0 errortrace_v120_b1_10ms_44000_4.txt
· java LossVectorGenerator 0.0180 0.2401 0.0006 0.7054 1 440000 0 errortrace_v3_b5_10ms_44000_0.txt
· java LossVectorGenerator 0.0180 0.2401 0.0006 0.7054 1 44000 1 0 errortrace_v3_b5_10ms_44000_1.txt
· java LossVectorGenerator 0.0180 0.2401 0.0006 0.7054 1 44000 2 0 errortrace_v3_b5_10ms_44000_2.txt
· java LossVectorGenerator 0.0180 0.2401 0.0006 0.7054 1 44000 3 0 errortrace_v3_b5_10ms_44000_3.txt
· java LossVectorGenerator 0.0180 0.2401 0.0006 0.7054 1 44000 4 0 errortrace_v3_b5_10ms_44000_4.txt
· java LossVectorGenerator 0.2707 0.7095 0.0000 0.1954 1 44000 0 0 errortrace_v120_b5_10ms_44000_0.txt
· java LossVectorGenerator 0.2707 0.7095 0.0000 0.1954 1 44000 1 0 errortrace_v120_b5_10ms_44000_1.txt
· java LossVectorGenerator 0.2707 0.7095 0.0000 0.1954 1 44000 2 0 errortrace_v120_b5_10ms_44000_2.txt
· java LossVectorGenerator 0.2707 0.7095 0.0000 0.1954 1 44000 3 0 errortrace_v120_b5_10ms_44000_3.txt
· java LossVectorGenerator 0.2707 0.7095 0.0000 0.1954 1 44000 4 0 errortrace_v120_b5_10ms_44000_4.txt
Subsampling of the traces from 10ms to 40ms is done by dropping 3 out of 4 packets from the error trace.
9.1.3 eNB Scheduling

As described in [11], the eNB has scheduling opportunities on the MBMS bearer every 40ms and transmits all the packets it has received from the MCPTT AS at the next scheduling opportunity.  The eNB is not specified to have a de-jitter buffer and can be considered to forward whatever packets it has received in the last 40ms to the UE, without re-ordering or further buffering of the packets.
Although a de-jitter buffer is not specified at the eNB, the simulations used introduced two cases: with and without de-jitter buffering at the eNB.

Case1 eNB dejitter buffer: The uplink channel conditions were simulated with a 1% delay-error profile and the eNB includes a dejitter buffer to compensate for jitter in the uplink. 

The downlink MBMS bearer channel was simulated using the profiles described in the previous section for 120 kmh and 3 kmh velocities, and copied intoTable 9.1.3.1. The channel models for error rates of 3.22% and 3.85% at 120kmh were produced using a random error model since [7] did not provide traces at these error rates and it was confirmed that the errors are very uncorrelated as this velocity.

Table 9.1.3.1: Downlink MBMS Error Profiles for different coverage areas [7]
	Downlink Channle Profile
	Speech / Fading conditions
	Error rate 

	v120_b1
	120 kmph
	0.88 %

	v120_b3
	120 kmph
	3.22 %

	v120_b4
	120 kmph
	3.85 %

	v120_b5
	120 kmph
	5.70 %

	v3_b1
	3 kmph
	0.81 %

	v3_b5
	3 kmph
	4.73 %


The downlink MBMS channel packets are scheduleded at 40ms intervals and there is a playout buffer of length 60ms in the MCPTT UE.  If the scheduler does not have any of the two 20ms VoIP packets that are supposed to send in a particular 40ms interval, it does not substitute the missing packet with a future packet.
Case2 no eNB dejitter buffer: Two uplink scenarios are considered here under this case. 

(a) uplink channel conditions were simulated with same 1% delay-error profile as in case 1, 
(b) uplink channel conditions were simulated with 3% error profile

In both cases, no de-jitter buffer is present in the eNB, all packets arriving with variable delay jitter in the uplink channel are scheduled on the downlink MBMS bearer channel at the next 40ms scheduling opportunity interval. The downlink MBMS bearer channel was simulated using the same profiles described in Table 9.1.3.1 with various error rates. 

The simulations use a de-jitter buffer at the MCPTT UE to compensate for the jitter introduced in both the uplink and downlink path from the talker to the listener.

9.2 Correlation between Subjective MOS and P.OLQA
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Figure 9.2.1 Correlation between Subjective MOS and P.OLQA for AMR-WB, EVS Channel-Aware, and EVS Non-Channel-Aware[image: image30.png]



� The correlation between voice quality and intelligibility is dependent on the test parameters. In general, improved voice quality may result in improved intelligibility. However, it is also possible e.g., in noisy conditions of [-30 dB to 5 dB SNR], that the improvements observed using subjective voice quality testing and the improvements observed using subjective intelligibility testing may not correlate well. In the other end of spectrum, e.g., in clean speech, while the voice quality may have improved significantly, the intelligibility may already have approached a level of saturation.


� As per [12], POLQA has been tested to work with background noise levels. A fixed lower SNR limit at which POLQA can be applied was not reported in [12] and it was noted that it is highly signal-dependent. POLQA analysis in this Clause is done on clean speech in clean and noisy channel conditions. POLQA analysis for extreme noisy conditions [10 to -5 dB] is not performed.


� The simulations shows the coverage improvement benefits using EVS Codec for the unicast and MBMS bearers. Coverage may be improved by deploying more infrastructure, including emergency deployments (e.g. cells on wheels). In this case, the EVS channel aware mode will still provide improved coverage benefits relative to AMR-WB, however, the relative benefit in coverage may need to be re-evaluated.


� In this report, the subjective MOS evaluations from 3GPP TS 26.952 contained both clean speech and noise while the POLQA evaluations are based on a clean speech database.
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