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1 Introduction

3GPP TR 26.954 V1.0.0 (2016-12) (SP-160920) proposes typical test scenarios for IMS based speech services over LTE. Section 6 of TR 26.954 defines in total 9 different test scenarios, e.g. for testing speech quality under the influence of impairments on the physical layer, the influence of impairments on the IP layer, different codec rates and during handovers. Currently no further test conditions for these scenarios have been defined yet.
This document provides a list of test conditions for these scenarios. Some conditions are derived from already existing scenarios (e.g. for AMR-NB and AMR-WB), additional scenarios have been included to cover SWB speech quality testing with EVS. The accompanying Excel spreadsheet shows an example for a respective test plan.
2 Test scenarios
2.1 Scenario 1: Impairments at the physical layer
Speech quality and delay should be measured for the following codec types and rates: 

· AMR-WB at 12.65 kbps, 23.85 kbps, 
· AMR-NB at 12.2 kbps, 
· EVS SWB at 24.4 kbps and 13.2 kbps with and without channel awareness. 

The following propagation conditions should be applied as derived from 3GPP TS 36.101 Annex B:
· "Extended pedestrian A" model (EPA), maximum Doppler frequency 5 Hz
· “Extended vehicular A" model (EVA), maximum Doppler frequency 70 Hz
Low, medium and/or high correlation level may be selected.
2.2 Scenario 2: Impairments at the internet layer (IP impairments)
Current test plans use only statistical impairments with Gaussian and uniform distribution of the jitter.
Speech quality and delay should be measured for the following codec types and rates:
· AMR-WB at 12.65 kbps, 23.85 kbps
· AMR-NB at 12.2 kbps
· EVS SWB at 24.4 kbps and 13.2 kbps including channel aware mode
· The following impairments should be used:
· Gaussian distribution: DL Jitter: σ = 10 ms; Packet Loss: 1 %; Payload error: 0.3%

· Gaussian distribution: DL Jitter: σ = 40 ms; Packet Loss: 3 %; Payload error: 0.5%

· Gaussian distribution: DL Jitter: σ = 20 ms; Packet Loss: 2 %; Payload error: 0.8%

· Uniform distribution: DL Jitter: σ = 10 ms; Packet Loss: 1 %; Payload error: 0.3%

· Uniform distribution: DL Jitter: σ = 40 ms; Packet Loss: 3 %; Payload error: 0.5%

· Uniform distribution: DL Jitter: σ = 20 ms; Packet Loss: 2 %; Payload error: 0.8%
Tests with file-defined impairment profiles should use the same test method and the same impairment profiles as already specified in 3GPP TS 26.132 sections 7.10.4 for AMR-NB, 8.10.4 for AMR-WB and 9.10.4 for EVS SWB.  
2.3 Scenario 3: Operation with different modes / bit-rates
Current test plans contain speech quality measurements for all available codec rates, for the legacy codecs these are:
· AMR-NB rates 4.75 kbps to 12.2 kbps

· AMR-WB rates 6.60 kbps to 23.85 kbps

For EVS the following bandwidths and rates are proposed:
· EVS primary mode NB 5.9 kbps to 9.6 kbps

· EVS primary mode WB 5.9 kbps to 9.6 kbps
· EVS primary mode SWB 9.6 kbps to 32 kbps

· EVS AMR-WB IO mode rates 6.60 kbps to 23.85 kbps
2.4 Scenario 4:   Switching bit-rates / operating modes during a call
Speech quality should be measured after these rate changes:
· AMR-NB 12.2 to/from 5.9

· AMR-WB 23.85 to/from 12.65

· EVS SWB 24.4 to/from 13.2 with and without channel aware mode
2.5 Scenario 5:   Codec change initiated by remote UE
Speech quality should be measured after these codec changes:

· AMR-WB 12.65 to/from AMR-NB 12.2

· EVS Primary SWB 24.4 to AMR-NB 12.2

· EVS Primary SWB 24.4 to AMR-WB 12.65

· EVS Primary SWB 13.2 to AMR-NB 12.2

· EVS Primary SWB 13.2 (with and without channel awareness)  to AMR-WB 12.65

· EVS Primary SWB 24.4 to EVS AMR-WB IO 12.65

· EVS Primary SWB 13.2 (with and without channel awareness) to EVS AMR-WB IO 12.65

2.6 Scenario 6:   Intra-RAT Handover
Speech quality should be measured before and after handover for these codec types and rates:
· AMR-WB at 12.65 kbps, 23.85 kbps
· AMR-NB at 12.2 kbps

· EVS SWB at 24.4 kbps and 13.2 kbps including channel aware mode
2.7 Scenario 7:   Inter-RAT Handover
Speech quality should be measured before and after the handover from LTE to UMTS (SRVCC) with these codecs and rates:
· LTE AMR-WB 23.85 to UMTS AMR-NB 12.2

· LTE AMR-WB 12.65 to UMTS AMR-NB 5.9

· LTE EVS 24.4 to UMTS AMR-WB 12.65

· LTE EVS 24.4 to UMTS AMR-NB 12.2

· LTE EVS 13.2 (with and without channel awareness) to UMTS AMR-WB 12.65

· LTE EVS 13.2 (with and without channel awareness) to UMTS AMR-NB 12.2

2.8 Scenario 8:   Operation with DRX
Speech quality should be measured for these codecs and rates and compared to the reference values without DRX operation:
· AMR-WB at 12.65 kbps, 23.85 kbps
· AMR-NB at 12.2 kbps

· EVS SWB at 24.4 kbps and 13.2 kbps including channel aware mode
Long and short circle timers describing the cDRX setting need to be defined.
2.9 Scenario 9:   Voice call with simultaneous data upload/download

· Speech quality and delay should be measured at these rates:

· AMR-WB at 12.65 kbps, 23.85 kbps
· AMR-NB at 12.2 kbps

· EVS SWB at 24.4 kbps and 13.2 kbps including channel aware mode
Typical simultaneous data in current test plans is a server-initiated ping to the device, typical ping packet payload size is 8192 bytes and ping repetition interval is 200 ms. A definition of higher load scenarios might be desirable.
3 Conclusion
The provided test conditions should be considered to be included into the scenarios for IMS based speech services over LTE as defined in 3GPP TR 26.954.
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