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Introduction

UE delay measurement is already specified for 3G in 3GPP TS 26.132 Clauses 7.10 (NB) and 8.10 (WB). At SA4#72 a working assumption was agreed (S4-130270) as follows in the scope of the ART_LTE-UED WI:

· Extend the existing UE delay measurement to additionally include LTE in the case of an ideal channel simulation.

Note: the appropriate test signal is to be defined (e.g. CSS, real speech…) 
· Investigate appropriate packet jitter/loss profiles

· Define UE delay and other measurements to quantify performance variations for predefined packet jitter/loss profiles.

In this contribution we focus on first bullet, i.e. the ideal channel simulation. We propose to take advantage of the existing UE delay measurement setup, and to extend the delay definition and measurements points to LTE.
Extension of existing 3G test method to LTE
We consider in a first step delay measured by splitting sending and receiving directions.  In the existing 3G test method, UE delay is defined using the following reference points:

· Sending: All UE entities from MRP to POI, excluding delays introduced by the test equipment
· Receiving: All UE entities from the POI to the DRP, excluding delays introduced by the test equipment
The POI (Point of Interconnection) is defined in TS 26.132 with respect to PSTN. We can assume that this corresponds to:

· The electrical point defined as the speech decoder input (in the test equipment) in the sending direction
· The electrical point defined as the speech encoder output (in the test equipment) in the receiving direction.  
Compared to this existing 3G setup, with MTSI-based voice services the main functional changes impacting the UE delay test setup are related to the RF transmission interface (LTE modem in the UE and eNodeB in the test equipment) and the inclusion of a JBM in the receiving side. This means that:
1. The delay related to transmission over the LTE air interface can vary depending on the LTE UE/eNodeB configurations and this delay is not fully under control of the UE.

2. Delay is to be treated in general as a random variable, on which statistics need to be estimated. 

Based on this situation:

· We propose to extend the current clauses on UE delay measurement to reuse the definition of UE delay and the associated reference points. This will ensure consistency between 3G and LTE test cases.
This will allow extending part of the coverage for existing UE delay Clauses in TS 26.132.

· For both sending and receiving side, we propose to list all parameters and options of the LTE air interface and MTSI client (FDD/TDD, modulation type, DRX, ROHC usage, HARQ retransmissions, scheduler type, TTI bundling, packet bundling, UE category) and to define accurately a specific test configuration for the necessary parameter/options, so as to minimize potential delay variations and ensure as much control as possible on measured UE delay. Note that both FDD and TDD modes need to be considered according to the ART_LTE-UED WID.
The relevant configuration parameters in uplink/downlink can be captured in TS 26.132 in Clause 5 (Test configurations).
To ensure realistic measurements, the Source prefers to specify configuration parameters that are aligned with actual deployment scenarios, in particular GSMA IR.92. For example, this implies the ROHC shall be used in the DUT/test equipment. 
· In addition, for the sending side, we propose to specify the JBM algorithm that will be used in the system simulator to control the related performance and characteristics and facilitate the compensation for the related delay contribution. One advantage in controlling this JBM is that the buffer depth can be made arbitrarily long to limit late losses and statistics can be extracted for the sending side based on this reference JBM implementation. 
· Inputs can be invited to characterize the amount of delay variations in sending and receiving directions and to set the proper statistics on delay (e.g. x% percentile, with x=100, 98, 95). 

The above approach can be extended to sending+receiving measurement (echo or loopback method) by simply skipping the part related to the JBM in the sending side. However, to address scenarios of interworking with e.g. PTSN, where sending / receiving delay contributions may be asymmetrical, the Sources prefers to keep the separation of sending and receiving sides as the main test case.
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