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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

Testing of speech transmission quality and delay through the UE headset electrical interface is a common practice in the industry for troubleshooting and benchmarking of network and UE performance. The UE headset electrical interface provides a convenient access point for testing that removes acoustic interface related aspects from the measurement. Test equipment (TE) solutions designed to connect to the UE headset electrical interface are commercially available and target both “drive-test” as well as lab environment testing applications. However, the lack of a standardized test methodology causes difficulties in interpreting results between different TEs, leading to possibly misleading conclusions on both network and UE performance. This Technical Report attempts to address this problem by providing a unified test procedure methodology.

1
Scope

This clause shall start on a new page.

The present document provides guidance on testing of speech quality and delay through a UE headset electrical interface, including both analog and digital headset interfaces. The Technical Report includes test set-up configurations, measurement scenarios and an indication of a range of results that can be expected in measurements.  It is envisioned that this Technical Report will serve as a reference for UE vendors and Mobile Network Operators wishing to conduct such tests.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TR 41.001: "GSM Release specifications".

[3]
3GPP TR 21 912 (V3.1.0): "Example 2, using fixed text".

…

[x]
<doctype> <#>[ ([up to and including]{yyyy[-mm]|V<a[.b[.c]]>}[onwards])]: "<Title>".

It is preferred that the reference to 21.905 be the first in the list.

3
Definitions, symbols and abbreviations
Delete from the above heading those words which are not applicable.

Clause numbering depends on applicability and should be renumbered accordingly.

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].

Definition format (Normal)

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Symbol format (EW)

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

Abbreviation format (EW)

<ACRONYM>
<Explanation>

4
Test Configurations
4.1
Setup for Terminals
The general test setup configuration and access to the UE is described in Figure 1:
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Figure 1 - Test Configuration for headset electrical interface






The preferred way of testing is the connection of a UE to the system simulator with exact defined settings and access points. The test sequences are fed in either electrically using a reference codec or using the direct signal processing approach.

The system simulator should simulate the access network and core network including the speech encoding/decoding specified for the test (e.g. AMR, AMR-WB or EVS) but excluding further transcoding beyond linear PCM, see Figure 1.

The output of the test system connected to the interface in Send of the headset connector must be DC resistant. The output impedance should be between 1kΩ and 10kΩ. Care should be taken that the output impedance triggers the UE headset microphone detection. The dynamic range of the test equipment should be consistent with (or exceed) the dynamic range provided by headset microphones.

The input of the test system connected to the receiving interfaces of the headset connectors should have an input impedance greater than 1kΩ. The dynamic range of the test equipment should be consistent with (or exceed) the dynamic range provided by the UE headset electrical interface output.
An optional 32Ω load may be used in order to condition the UE with a realistic echo situation and/or to provide a well-defined volume control setting. If the optional 32Ω load is used, the common ground impedance for the test system (between sending and receiving sides and including the cable used to connect the test equipment to the UE headset electrical interface) should be ≤ 50mΩ. 
NOTE: A common ground impedance ≤ 50mΩ provides a crosstalk attenuation greater than 56dB between the UE output and input headset electrical interface when using a 32Ω load.
Unless specified otherwise for the respective test, the radio conditions on the air interface shall have a block error rate of 0% and the jitter in the IP transport for MTSI-based speech shall be ≤ 1 ms.

In case of MTSI-based speech, the reference client shall allow to synchronize to the clock of the device under test and include a de-jitter buffer to equalize possible jitter in the signal received from the UE.

When operating with synchronized clock, the de-jitter buffer shall be a static de-jitter buffer and the jitter buffer management shall not compensate for clock drift. The reference client shall not lose or discard packets, shall not trigger retransmission, and shall not use error concealment or time-warping. The initial jitter buffer size (filling level) shall be higher than the maximum expected network jitter and the maximum jitter buffer size shall be at least twice the initial size. During jitter buffer reset, the de-jitter buffer shall be emptied/filled to the initial buffer size. In case of buffer over- or underruns, the reference client shall give a warning and it shall be reported.

NOTE 1: 
A static de-jitter buffer is a first-in-first-out (FIFO) buffer which at the beginning buffers packets until a given initial buffer size is reached. Due to changing network delays the filling level of the de-jitter buffer can change, but the sum of network delay and jitter buffer delay is constant (as opposed to an adaptive jitter buffer management). The filling level of the de-jitter buffer represents the de-jitter buffer delay.

For measurements with unsynchronized clock e.g. the measurement of clock drift, jitter buffer over- and underruns cannot be avoided due to the unsynchronized clocks. Under the assumption of jitter-free condition the initial jitter buffer size (filling level) shall be chosen such that the maximum clock drift can be compensated without any loss of packets for a given time. For the measurement of clock drifts the jitter buffer size should be chosen such that for clock drift of up to 100ppm no loss of packets due to buffer over- or under-run shall occur for a sequence of 160s.

Unless stated otherwise, for LTE connections, the system simulator shall be configured for FDD operation, with a default or dedicated bearer and reference measurement channel scheduling that provides enough resource block allocation for transmitting a full speech packet within a transmission time interval of 1ms. No HARQ re-transmissions shall occur. TDD operation, TTI bundling, connected DRX and other forms of scheduling (e.g. SPS) are for further study.

The test setup has to ensure proper clock synchronization of the test equipment to the UE. Clock drift shall be negligible and packet loss shall not occur during the test.

NOTE 2: Any clock drift may result in improper delay calculation or in wrong positioning of the analysis window
4.2
Setup of the electrical interfaces
4.2.1
Codec approach and specification
In this approach, a codec is used to convert the digital input/output bit-stream of the system simulator to the equivalent analogue values. With this approach a system simulator simulating the radio link to the terminal under controlled and error-free conditions is required, unless otherwise specified for the respective test. The system simulator has to be equipped with a high-quality codec with characteristics as close as possible to ideal.

Definition of 0 dBr point:

D/A converter -
a Digital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal with an RMS value of 3,14 dB below the maximum full‑load capacity of the codec shall generate 0 dBm across a 600 ohm load; 

A/D converter -
a 0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal with an RMS value of 3,14 dB below the maximum full‑load capacity of the codec.

Narrowband telephony testing

For testing of a GSM, 3G or LTE terminal supporting narrowband telephony, the system simulator shall use the AMR speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit-rate of 12,2 kbit/s, unless otherwise specified. 

Wideband telephony testing

For testing of a GSM, 3G or LTE terminal supporting wideband telephony, the system simulator shall use the AMR-WB speech codec as defined in 3GPP TS 26 series of specifications, at the source coding bit-rate of 12,65 kbit/s, unless otherwise specified.
Super-wideband telephony testing

For testing of a LTE terminal supporting super-wideband telephony, the system simulator shall use the EVS speech codec as defined in 3GPP TS 26 series of specifications at 32 kHz sampling rate, mono, at the source coding bit-rate of 24,4 kbit/s, unless otherwise specified. The system simulator should support all operation modes of EVS speech codec, the complete EVS RTP payload format, and all SDP attributes as specified in TS 26.445 Annex A; it should be possible to control all the SDP attributes declared and negotiated by the system simulator.
Fullband telephony testing

For testing of a LTE terminal supporting fullband telephony, the system simulator shall use the EVS speech codec as defined in 3GPP TS 26 series of specifications at 48 kHz sampling rate, mono, at the source coding bit-rate of 24,4 kbit/s, unless otherwise specified.
4.2.2
Direct digital processing approach
In this approach, the digital input/output bit-stream of the terminal connected through the radio link to the system simulator is operated upon directly.
Narrowband telephony testing
For testing of a GSM, 3G or LTE terminal supporting narrowband telephony, the system simulator shall use the AMR speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit-rate of 12,2 kbit/s, unless otherwise specified.
Wideband telephony testing

For testing of a GSM, 3G or LTE terminal supporting wideband telephony, the system simulator shall use the AMR-WB speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit rate of 12,65 kbit/s, unless otherwise specified. 
Super-wideband telephony testing

For testing of a LTE terminal supporting super-wideband telephony, the system simulator shall use the EVS speech codec as defined in 3GPP TS 26 series of specifications in super-wideband mode, at 32 kHz sampling rate, mono, at the source coding bit-rate of 24,4 kbit/s, unless otherwise specified. The system simulator should support all operation modes of EVS speech codec, the complete EVS RTP payload format, and all SDP attributes as specified in TS 26.445 Annex A; it should be possible to control all the SDP attributes declared and negotiated by the system simulator.
Fullband telephony testing

For testing of a LTE terminal supporting fullband telephony, the system simulator shall use the EVS speech codec as defined in 3GPP TS 26 series of specifications in fullband mode, at 48 kHz sampling rate, mono, at the source coding bit-rate of 24,4 kbit/s.

4.3
Accuracy of test equipment
Unless specified otherwise, the accuracy of measurements made by test equipment shall exceed the requirements defined in table 1a.

Table 1a: Test equipment measurement accuracy

	Item
	Accuracy

	Electrical Signal Power
	± 0,2 dB for levels  -50 dBm

	
	± 0,4 dB for levels < -50 dBm

	Time
	± 5%

	Frequency
	± 0,2%


Unless specified otherwise, the accuracy of the signals generated by the test equipment shall exceed the requirements defined in table 1b.

Table 1b: Test equipment signal generation accuracy

	Item
	Accuracy

	Electrical excitation levels
	± 0,4 dB (see note 1)

	Frequency generation
	± 2% (see note 2)

	NOTE 1:
Across the whole frequency range.

NOTE 2:
When measuring sampled systems, it is advisable to avoid measuring at sub-multiples of the sampling frequency. There is a tolerance of ± 2% on the generated frequencies, which may be used to avoid this problem, except for 4 kHz where only the -2% tolerance may be used.


The measurements’ results shall be corrected for the measured deviations from the nominal level.

The sound level measurement equipment shall conform to IEC 60651 Type 1.

4.4
Test signals

Unless stated otherwise, appropriate test signals for GSM/3G/LTE acoustic tests are generally described and defined in ITU-T Recommendation P.501 [22].

More information can be found in the test procedures described below.

For testing the narrowband telephony service provided by the UE, the test signal used shall be band limited between 100 Hz and 4 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

For testing the wideband telephony service provided by the UE, the test signal used shall be band limited between 100 Hz and 8 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

For testing the super-wideband telephony service provided by the UE, the test signal used shall be band limited between 50 Hz and 16 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

For testing the fullband telephony service provided by the UE, the test signal used shall be band limited between 20 Hz and 20 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

The test signal levels are referred to the average level of the (band limited in receiving direction) test signal, averaged over the complete test sequence, unless specified otherwise. For real speech, the test signal levels are referred to the ITU-T P.56 [37] active speech level of the (band limited in receiving direction) test signal, calculated over the complete test sequence.
4.5 
Test method for delay and speech quality

4.5.1 
Delay in sending + receiving direction using “echo” method
The UE delay in loopback mode is obtained by measuring the delay between the output electrical interface of the test equipment (point A in figure below) and the input electrical interface of the test equipment (point B in figure below) and subtracting the delays introduced by the test equipment from the measured value.

NOTE: The headset interface circuit depicted assumes the UE includes an analog audio interface. For UEs providing a digital audio interface only, the test should be conducted with a digital to analog and/or analog to digital converters provided by the UE vendor.
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Figure 2: Different entities when measuring the delay in echo method

The delay measured from A to B is (TS + TR+ TSS).

TSS: The delay between the last bit of a speech frame at the system simulator antenna and the first bit of the looped back speech frame at the system simulator antenna (i.e. the delay from point S to point R in the figure above).

TS: The UE delay in the sending direction (i.e. the delay from point A to point S in the figure above).

TR: The UE delay in the receiving direction (i.e. the delay from point R to point B in the figure above).

1) For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -60dBV at the Output Electrical Interface of the test equipment.

2) The system simulator is configured for “loopback” or “echo” operation with the additional loopback delay as specified below when applicable. In “loopback” or “echo” operation, the packets in the sending direction are routed to the receiving direction by the system simulator.

3) The reference signal is the original signal (test signal). The setup of the UE is in correspondence to clause 4.1

4) The TS+TR+TSS delay is determined by cross-correlation analysis between the measured signal at the input electrical interface of the test equipment and the original signal. The analysis window for the cross-correlation shall start at an instant T > 50ms in order to discard the cross-correlation peaks corresponding to possible coupling at the electrical headset connector and delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay TSS to obtain the TS + TR delay.

5) The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

6) To account for the possible effect of packet arrival time variations, the measurement is performed [50] times and the average and 95% confidence interval are reported.

For MTSI-based speech with LTE access, a variability of the UE delay with up to 20ms in the respective sending and receiving direction may be expected due to the synchronization of the speech frame processing in the UE to the bits of the speech frame on the UE antenna. This synchronization is attributed to the UE delay according to the definition of the UE delay reference points. Hence, the UE delay shall be reported as the maximum value from at least 5 separate calls each with a different loopback delay TSS in at least 5 steps of 4ms in the full range from 0 to 16ms. All values shall be reported in the test report. 
[Editor’s note: This procedure may be needed only for perfect channel conditions. In the presence of jitter, different synchronizations between the speech frame on the UE antenna and the speech frame processing in the UE are exercised.]
4.5.2
Speech enhancement processing in the UE and its potential impact on the determination of MOS-LQO scores
When tests are conducted over an electrical interface intended for headsets, some headset-related speech enhancement processing is likely active in the UE, unless it is intentionally disabled as described below. Certain speech enhancement is designed to compensate for acoustic aspects related to the headset (e.g. acoustic path losses, strong variations in signal level, etc.). Such speech enhancement is not optimized for conditions where the headset acoustics are absent, such as those found in this test plan (see example in Figure 3). Furthermore, this speech enhancement may impact the MOS-LQO scores obtained in this test plan, making it difficult to study non-acoustic related speech quality aspects of interest (e.g. degradations due to JBM, speech coding and radio implementations).

It is therefore recommended to disable the headset-related speech enhancement processing when conducting the objective speech quality assessments described in this test plan (evaluation of non-acoustic related aspects, see table 2, right-most column). Typically only gain settings, the speech codec and the JBM would be enabled. See also Table 2.
NOTE:
The procedure for disabling the headset-related speech enhancement processing is not standardized and may not be possible for all labs and all UEs. If tests are conducted with speech enhancement enabled, special care should be taken in interpreting the results, for the reasons mentioned above.
Table 2 - Examples of test scenarios and recommendations on speech enhancement processing enablement

	
	Speech quality parameters w.r.t. various acoustic scenarios
	JBM behaviour (changes of delay/ MOS-LQO under varying jitter/loss)
	Dedicated studies on aspects that are not acoustics-related (JBM, codec implementation, radio implementation etc)

	Procedure
	TS 26.131/132 (acoustic interfacing)
	TS 26.131/132 is normally used (acoustic interfacing)
	Acoustic interfacing is not of interest – the methods in the present document can be more efficient (electrical interfacing)

	Speech enhancement processing
	The UE is tested “as is” with acoustic input/output, which means headset processing is likely activated.
	The UE is tested “as is” with acoustic input/output, which means headset processing is likely activated.
	Where possible it is recommended to disable1 processing related to acoustic frontends to avoid misleading and blurred data (impact on MOS-LQO).

	NOTE 1: This is expected to be adapted to the test scenario. For instance, in case the test scenario includes double-talk, it may be beneficial to enable echo control processing.


In Figure 3, one aspect of testing via the electrical path is demonstrated. It can be seen that the frequency response from the talker’s mouth to a typical headset microphone location might be compensated in the UE. Such compensation is even specified in ITU-T P.381 [X1]. If such processing is not disabled when measuring with an electrical interface, the MOS-LQO score is likely reduced to a lower value which is not representative and may limit the ability to study the scenarios listed in following clauses, in detail.
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Figure 3 – ITU-T Recommendation P.863 applied with signal injection at a headset interface – speech processing intended to be used with an acoustic interface will impact the MOS-LQO values and limit the sensitivity to other degradations of interest
The recommended approach (speech enhancements disabled) is shown in Figure 4.
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Figure 4 - Recommended ITU-T P.863 usage for assessing UE codec, JBM, effect of transmission radio impairments etc. No speech enhancement processing is enabled. The UE implementation can be directly compared to the reference situation (offline simulation).
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Figure 5 - Recommended tests for overall speech quality testing per TS 26.131 and TS 26.132 – includes acoustic interfaces and all speech processing – but is less suitable for detailed studies of codec, JBM and effect of transmission impairments
4.5.3 
Speech quality loss in sending direction

For the evaluation of speech quality loss under a given test condition, a single speech sentence pair from ITU-T P.501 [Annex B.3.3] [Ref] should be used [Editor’s note: specify which sentence]. Two recordings are used to produce the speech quality loss metric:

· A recording obtained in jitter and error free conditions (reference condition)

· A recording obtained for the test condition of interest  (test condition)
The speech quality of the signal at the output of the speech decoder of the system simulator is estimated using the measurement algorithm described in ITU-T Recommendation P.863 [Ref.].

The measurement must be repeated [TBD] times. The first measurement is discarded for convergence of the JBM. A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for both the reference and test conditions.

MOS-LQOREF
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The speech quality loss ΔMOS-LQOSND, is determined from:

ΔMOS-LQOSND = MOS-LQOREF - MOS-LQOTEST
4.5.4 
Speech quality loss in receiving direction
For the evaluation of speech quality loss under a given test condition, a single speech sentence pair from ITU-T P.501 [Annex B.3.3] should be used[(Editor’s note: specify which sentence]. Two recordings are used to produce the speech quality loss metric:

· A recording obtained in jitter and error free conditions (reference condition)

· A recording obtained for the test condition of interest  (test condition)
The speech quality of the signal at the input electrical interface of the test equipment is estimated using the measurement algorithm described in [Ref.] ITU-T Recommendation P.863.

The measurement must be repeated [TBD] times. The first measurement is discarded for convergence of the JBM. A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for both the reference and test conditions.

MOS-LQOREF
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The speech quality loss ΔMOS-LQORCV, is determined from:

ΔMOS-LQORCV = MOS-LQOREF - MOS-LQOTEST
5
Test Scenarios

The test scenarios cover a number of typical use scenarios for IMS based speech services over LTE. The scenarios are described as follows:

· Scenario 1: Impairments at the physical layer (RF Impairments)

· Scenario 2: Impairments at the internet layer (IP Impairments)

· Scenario 3: Operation with different modes/bit-rates

· Scenario 4: Switching bit-rates / codec modes during a call

· Scenario 5: Codec change initiated by remote UE

· Scenario 6: Intra-RAT Handover (e.g. LTE to LTE)

· Scenario 7: Inter-RAT Handover (e.g. LTE to UMTS SRVCC)

· Scenario 8: Operation with DRX

· Scenario 9: Simultaneous data download/upload during a voice call
[Editor’s Note]: Further inputs are necessary to populate the test methodology for each scenario:

· Specific speech material used

· Delay and MOS-LQO calculation methods

· Number of measurement repeats and statistical processing of the data

· Time-lines for the measurement (e.g. at what point should a handover be performed, how long should it last, etc.)
One comment about including VoWifi, another comment about testing of the interruption time during handover.
5.1
Scenario 1:   Impairments at the physical layer 

This test scenario simulates situations where less than ideal RF operating conditions exist for the UE.  The purpose of the test is to verify that the UE operates as expected under those situations.

The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to implement the RF fading profiles from 3GPP TS 36.101 [X] . At a minimum, the EPA5, EPA7 and EVA70 fading profiles should be supported.
Measurements are performed in the receive direction only. Measurements in the sending direction would require a definition of a reference performance for the system simulator RF receive interface. [Such reference performance is not currently available in 3GPP specs].
5.2
Scenario 2:   Impairments at the internet layer (IP impairments)

This test scenario simulates situations where less than ideal EPC operating conditions exist for the UE.  The purpose of the test is to verify that the UE (and more specifically, its jitter buffer management) operate as expected under those situations.
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to introduce RTP packet delay and loss impairments. At a minimum, the system simulator shall be able to introduce RTP packet delays according to Gaussian and uniform distributions.

Measurements for this scenario are performed in the receive direction only.

5.3
Scenario 3:   Operation with different modes / bit-rates

This test scenario simulates operation of the UE at different bit-rates. The purpose of the test is to verify that the UE has implemented the speech encoder / decoder appropriately. 

The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to configure the bit-rate / operation mode of the speech codec being used in the call. Different bit rates / operation modes are tested and MOS-LQO scores are compared to expected values.
Measurements for this scenario are performed in the send and receive directions.

5.4
Scenario 4:   Switching bit-rates / operating modes during a call

This test scenario simulates the situation where bit-rates / operating modes of a codec are switched during a call. The purpose of the test is to verify that the UE has implemented the speech encoder / decoder appropriately and that the speech quality after a bit-rate / mode-switch is as expected.

The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to initiate a codec rate change during a call. The codec rate change is initiated and completed during a speech pause. The MOS-LQO scores for the speech material after the codec rate change are compared to expected values.

Measurements for this scenario are performed in the send and receive directions.

5.5
Scenario 5:   Codec change initiated by remote UE

This test scenario simulates the situation where a codec change is initiated by a remote UE, e.g. when the remote UE uses SRVCC to handover between an LTE area with wideband speech coverage and an UMTS area with narrowband speech coverage only. The purpose of the test is to verify that the UE can successfully perform the codec change requested and that the speech quality after the codec rate change 
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to initiate a codec rate change during a call. The codec rate change is initiated and completed during a speech pause. The MOS-LQO scores for the speech material after the codec rate change are compared to expected values.

Measurements for this scenario are performed in the send and receive directions.

5.6
Scenario 6:   Intra-RAT Handover

This test scenario simulates the situation where a UE performs a handover within a single radio access technology. The purpose of the test is to verify that no speech quality degradation exists after the handover is completed. 
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to initiate an intra-RAT handover. The handover is initiated and completed during a speech pause. The MOS-LQO scores for the speech material before and after the handover are compared.

Measurements for this scenario are performed in the send and receive directions.

5.7
Scenario 7:   Inter-RAT Handover

This test scenario simulates the situation where a UE performs a handover within two different radio access technologies. The purpose of the test is to verify that no speech quality degradation exists after the handover is completed. 
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to initiate an inter-RAT handover from LTE to UMTS (SRVCC). The handover is initiated and completed during a speech pause. The MOS-LQO scores for the speech material before and after the handover are compared.

Measurements for this scenario are performed in the send and receive directions.

5.8
Scenario 8:   Operation with DRX

This test scenario simulates the situation where a UE operates with discontinuous reception technology (DRX). The purpose of the test is to verify that no speech quality degradation exists due to the presence of DRX. 
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall support DRX operation. The MOS-LQO scores for the speech material with and without DRX are compared.

Measurements for this scenario are performed in the send and receive directions.

5.9
Scenario 9:   Voice call with simultaneous data upload/download

This test scenario simulates the situation where a UE is performing an upload/download during a voice call. The purpose of the test is to verify that no speech quality degradation exists due to the upload/download operation
The UE is setup in a call with the system simulator. The system simulator used for this test scenario shall be able to upload/download data from/to the network. The MOS-LQO scores for the speech material with and without the data transfer are compared.

Measurements for this scenario are performed in the send and receive directions.
[Editor’s note]: Need to define appropriate QCIs and realistic bearers for speech and data connections. Should we test with carrier aggregation? Proposals are invited for data transfer rates and whether dedicated or default bearer is used for voice.
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