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----------------------------------- START OF MODIFIED CLAUSES ------------------------------

5
Test configurations

This section describes the test setups for terminal acoustic testing.

NOTE:
If the terminal has several mechanical configurations (e.g., sliding design open or closed), all manufacturer-defined configurations shall be tested.

5.1
Setup for terminals

The general access to terminals is described in figure 1. The preferred acoustic access to GSM, 3G and LTE terminals is the most realistic simulation of the “average” subscriber. This can be made by using HATS (head and torso simulator), with appropriate ear simulation and appropriate mountings of handset terminals to the HATS in a realistic but reproducible way. Hands-free terminals shall use the HATS or free field microphone techniques in a realistic but reproducible way.

HATS is described in ITU-T Recommendation P.58 [15], appropriate ears are described in ITU-T Recommendation P.57 [14] (Type 3.3), proper positioning of handsets in realistic conditions is found in ITU-T Recommendation P.64, and the test setups for various types of hands-free terminals can be found in ITU-T Recommendation P.581.

Unless stated otherwise, if a volume control is provided, the setting is chosen such that the nominal RLR is met as close as possible.

The preferred way of testing is the connection of a terminal to the system simulator with exact defined settings and access points. The test sequences are fed in either electrically using a reference codec, using the direct signal processing approach, or acoustically using ITU-T specified devices.

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

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 system simulator shall include a de-jitter buffer to equalize possible jitter in the signal received from the UE. The buffer shall have a constant delay. The system simulator shall not lose data, shall not trigger retransmission and shall not use error concealment or time-warping.

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.

[image: image1.emf]UE

Point of 

interconnect 

(POI)

Air interface

MRP

ERP/

DRP...

Access network and 

core network


NOTE :
Connection to PSTN should include electrical echo control (EEC).

Figure 1: Interfaces (MRP, ERP/DRP…, Air interface and Point of interconnect) for specification of terminal acoustic characteristics
----------------------------------- END OF MODIFIED CLAUSES ------------------------------

----------------------------------- START OF MODIFIED CLAUSES ------------------------------
7.10
Delay
For LTE, prior to the actual measurements, the clock drift between UE and reference client shall be compensated by adjusting the clock of the reference client to match the clock of the UE (as stated in clause 5). The inaccuracy of the clock drift adjustment shall be less than [1ppm.]
It shall be ensured that the packet generation by the reference client is free of jitter.
Editor’s note: A clock rate synchronization method is required. Contributions on this topic are welcome
7.10.?
UE clock accuracy

Editor’s note: The effects of clock drift are to be studied. Contributions on this topic are welcome.
7.10.0
UE Delay Measurement Methodologies

For UMTS access and LTE access in error and jitter free conditions, the sum of the UE delays in the sending and receiving directions (TS+TR) shall be measured according to the methods described in clauses 7.10.1 and 7.10.2. In the event that the system simulator delays in send and/or receive directions are not stable between calls or cannot be accurately determined, the alternative method described in clause 7.10.3 may be used to obtain (TS+TR) and the measured instability or inaccuracy observed when the methods described in 7.10.1 and 7.10.2 were performed shall be recorded in the test report. The test method(s) used and all results obtained shall also be recorded in the test report.

For LTE access in jitter conditions, the sum of the UE delays in the sending and receiving directions (TS+TR-jitter) and the objective speech quality in the receive direction shall be measured according to the method described in clause 7.10.4.
7.10.1
Delay in sending direction (Handset UE)

The handset terminal is setup as described in clause 5.1.1.


The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point of the test equipment and subtracting the delays introduced by the test equipment, TTES, from the measured value.
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Figure 17b1: Different entities when measuring the delay in sending direction

The delay measured from MRP to the electrical access point of the test equipment is T s + TTES. 
TTES: The delay between the last bit of a speech frame at the system simulator antenna and the first electrical event at the electrical access point of the test equipment.

1.
For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -4,7 dBPa at the MRP.

2
The reference signal is the original signal (test signal). The setup of the handset/headset terminal is made corresponding to clause 5.1.

3.
The delay is determined by cross-correlation analysis between the measured signal at the electrical access point and the original signal. The measurement is corrected by subtracting the test equipment delay TTES.

4.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.
[5.
The measurement is repeated 5 times, with each repeat done in a different call. All results are reported.]
Editor’s note: Contributions towards the number of repeats needed for proper statistical analysis are welcome.
7.10.1a
Delay in sending direction (headset UE)


The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point of the test equipment and subtracting the delays introduced by the test equipment, TTES, from the measured value.
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Figure 17b2: Different entities when measuring the delay in sending direction with a headset connected via cable

Note:
The test setup only applies to headsets connected by wire. Wireless headsets (e.g. connected by Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.1).

7.10.2
Delay in receiving direction (handset UE)

The handset terminal is setup as described in clause 5.


The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the test equipment and the DRP and subtracting the delays introduced by the test equipment, TTER, from the measured value.
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Figure 17b3: Different entities when measuring the delay in receiving direction

The delay measured from the electrical access point of the test equipment  to DRP is T r + TTER.
TTER: The delay between the first electrical event at the electrical access point of the test equipment and the first bit of the corresponding speech frame at the system simulator antenna.

1.
For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate).The test signal level is -16 dBm0 measured at the digital reference point or the equivalent analogue point.

2
The reference signal is the original signal (test signal). The setup of the handset/headset terminal is in correspondence to clause 5.1.

3.
The delay is determined by cross-correlation analysis between the measured signal at the electrical access point and the original signal. The measurement is corrected by subtracting the test equipment delay TTER.

4.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.
[5.
The measurement is repeated 5 times, with each repeat done in a different call. All results are reported]
7.10.2a
Delay in receiving direction (headset UE)


The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the test equipment and the DRP and subtracting the delays introduced by the test equipment, TTER, from the measured value.
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Figure 17b4: Different entities when measuring the delay in receiving direction with a headset connected via cable

Note:
The test setup only applies to headsets connected by wire. Wireless headsets (e.g. connected by Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.2).
7.10.3
Delay in sending + receiving direction using “echo” method (handset UE)


The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced by the test equipment, TSS, from the measured value.
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The delay measured from MRP to DRP is (TR + TS + 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.

Method of measurement

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 -4.7 dBPa at the MRP.

2.
The system simulator is configured for “loopback” or “echo” operation. 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 mobile station is in correspondence to clause 5.1.

4.
The mouth-to-ear delay is determined by cross-correlation analysis between the measured signal at DRP 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 the direct acoustic path from mouth to ear and possible delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay TSS to obtain the TR + TS delay.

5.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.
[6.
The measurement is repeated 5 times, with each repeat done in a different call. All results are reported.]
7.10.3a
Delay in sending + receiving direction using “echo” method (headset UE)


The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced by the test equipment, TSS, from the measured value.
The test method is the same as for handset UE (clause 7.10.3).
7.10.4

Delay and speech quality for LTE access in jitter and error conditions
7.10.4.1
Delay in sending direction
The UE delay in the sending direction, TS, shall be measured in jitter and error free conditions according to clause 7.10.0.

7.10.4.2
Delay in receiving direction
For this test it shall be ensured that the call is originated from the mobile terminal (MO).
In receiving direction, the delay between the electrical access point of the test equipment and the DRP, TTEAP-DRP(t) = TR-jitter(t) + TTER, is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.
Packet impairments shall be applied between the reference client and system simulator eNodeB. The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction (compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference client) in order to ensure a repeatable application of impairments to the.test speech signal. [Tests shall be performed with DTX disabled in the receiving direction. The use of DTX for this test is for further study.]
Note: RTP packet impairments representing jitter and loss in LTE transmission scenarios are attached to this specification. The delay profiles include a simulation of the effects of the eNodeB scheduler in a semi-persistent scheduling (SPS) configuration with discontinuous reception (DRX) enabled. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission. [Delay profiles for system simulators incorporating SPS and DRX are for further study. Additional profiles simulating other LTE transmission scenarios (e.g. handover, mobility, etc.) are for further study.]
[For the speech signal, 8 English test sentences according to ITU-T P.501, normalized to an active speech level of -16dBm0, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centered within a 4.0s time window, which results in an overall duration of 32.0s. The sequences are repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis.]
Editor’s note: Optimal samples for application with P.863 are under study by ITU-T SG12 and expect to be available in P.863.1 in March. The definition of the exact test sentence is TBD. Companies wishing to validate this test plan and provide inputs to SA4#78 are expected to provide results following the ITU-T P.501 samples at a minimum. 
For the delay calculation, a cross-correlation with a rectangular window length of 4s, centered at each sentence of the stimulus file, is used. The process is repeated for each sample. For each cross correlation, the maximum of the envelope is obtained producing one delay value per sentence.]
Editor’s note: Other delay evaluation methods are under study.
The UE delay in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment from the first electrical event at the electrical access point of the test equipment to the first bit of the corresponding speech frame at the system simulator antenna, TTER, from the measured TTEAP-DRP(t).
7.10.4.3
Speech quality loss in error and jitter conditions
For the evaluation of speech quality loss in error and jitter conditions, the test signal described in clause 7.10.4.2 shall be used. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis. Two recordings are used to produce the speech quality loss metric:

· A recording obtained in jitter and error free conditions with the test signal described in clause 7.10.4.2 (reference condition)

· A recording obtained during the application of error and jitter conditions as described in clause 7.10.4.2 (test condition)

The speech quality of the signal at the DRP with diffuse-field equalization is estimated using the measurement algorithm described in ITU-T Recommendation P.863.

A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for the reference and test conditions.
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The speech quality loss in error and jitter conditions is calculated as the delta MOS-LQO between the reference and test condition scenarios:
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Note:
The purpose of this test is to provide a relative comparison of the objective speech quality between the reference and test conditions. This test is not to be construed as a method to evaluate the absolute objective speech quality of the device (for further study).
Editor’s note: The synchronization between stimuli and degraded condition is done by the P.863 algorithm for the time being, and companies are expected to provide results at least with this approach. More inputs on this topic are invited.
 ----------------------------------- END OF MODIFIED CLAUSES ------------------------------

----------------------------------- START OF MODIFIED CLAUSES ------------------------------
8.10
Delay

Editor’s note: Section 8.10 is to be harmonized with 7.10 once the text is agreed.
----------------------------------- END OF MODIFIED CLAUSES ------------------------------

----------------------------------- START OF MODIFIED CLAUSES ------------------------------
-------------------------------------START OF MODIFIED CLAUSE--------------------------------
Annex C (informative):
Measurement method for determining the one way radio delays of LTE radio network simulators
The method decribed in this Annex can be used to determine or verify the delay introduced by a LTE radio network simulator.

Note.
There is an inherent uncertainty in the method due the unknown delay of the modem delay (software stack in the modem). If this delay is known the measurement uncertainty can be reduced.
C.1
Measurement setup
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Figure C1: Measurement setup

The measurement setup consists of an IP reference gateway with USB access connected to an IP logger or a test system with integrated IP-logger, an arbitrary LTE mobile phone and the LTE radio network simulator under test. The LTE radio network simulator has to be equipped with an IP logger (either preinstalled or installed for the test setup). The mobile phone acts as modem and is connected to the reference gateway via USB (tethering mode). The mobile phone is further connected over the air interface to the LTE cell of the radio network simulator equipped with a LTE compliant antenna. Within the radio network simulator a loopback mode is used to reflect the incoming packets back via the modem to IP reference gateway.

An Ethernet connection via cable is established temporally in parallel between the IP reference gateway and the radio network simulator. This connection is used for synchronization tasks. 

On both devices, on the IP reference gateway and on the radio tester, in- and outgoing packets are logged via IP logging programs.

C.2
Test procedure

The following steps have to be performed in order to determine the radio network simulator LTE delay:
The following steps have to be performed in order to determine the radio network simulator LTE delay:

· Step 1: Preparation for the synchronization of the IP loggers:

· The cable based Ethernet connection is plugged in

· Both IP loggers are started
· A ping command is send from the reference gateway GUI to the IP address of the radio tester. (It must be ensured that this ping event is logged on the reference gateway as well as on the IP logger of the radio tester). The ping event later is used to compensate clock offsets between the IP loggers. The ping roundtrip delay has to be documented and will be compensated at the end of the procedure. The roundtrip delay indicates which amount of delay has to be added to the packets monitored and showing the same time stamp when sent and received.

Now the cable based Ethernet connection is plugged out and the USB tethering connection to the mobile phone is established.

· Step 2: Measurement of the Loopback RTP Delay

· IP logging is still active!

· The tethering device connected to the reference gateway is activated and routing is selected over the tethering device.

· On the radio tester the loopback device is activated.

· An audio call is established from the reference gateway using AMR-WB (AMR-NB) coded RTP packets

· The call is dropped after an appropriate amount of averaging time, IP logging is stopped.

· A possible clock offset between the two IP loggers can be corrected by synchronizing the logfiles using IP logger functionalities working based on the selected ping events.

· The data collected by the two IP loggers are joined into a common table.

· Delays now can be calculated for single packets separately for the sending and the receiving direction. 

· By merging the log files into a common table, the ping events are set to a common time base. However, the ping events have a time shift of half of the ping roundtrip delay, assuming a symmetrical ping dely. This shift must be compensated after determining the final delay values.

· Step 3: Measuring the tethering delay

· The tethering delay of the modem is device dependant and needs to be determined separately. 

· An IMS-APN is created on the modem device and used for the measurement. QCI 5 (IMS signaling) and QCI 1 (voice data) should be established.

· A ping command is sent from the reference gateway to the IP address of the DHCP server of the tethering device. Halve of the resulting round trip delay is used to estimate the tethering delay, again assuming a symmetrical tethering delay. (It can be assumed that voice data will be delayed in the same manner since in the phone an IMS-APN is created. This should be verified by checking the entries in the system simulator. Here it should be reported, that QCI 5 (IMS signaling) and QCI 1 (voice data) were established.) 

· Step 4: Correction of the measured results

· Half of the Ping roundtrip delay is added in sending and receiving

· Half of the tethering delay is subtracted in sending and receiving.

-------------------------------------END OF MODIFIED CLAUSE--------------------------------
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