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1 Introduction
In [1], it is agreed that the process of determining the UE delay specification for MTSI-based speech over LTE is expected to consider the following factors:

· Mouth to ear delay impact to the conversational experience

· Typical network delay scenarios for MTSI-based speech over LTE services

· Typical speech capture, send path speech enhancements, encoding, transmission, reception (de-interleaving, channel decoding, SDU size and bundling, etc), decoding (including de-jitter buffering), receive path speech enhancements and rendering delays in a MTSI-based speech over LTE call
· Channel variability, congestion and the acoustic environmental situation of the two UEs in a call.
This contribution aims to provide a high level breakdown and description of the individual delay components, considering the scenario of a transcoder –free voice call between two devices running MSTI based speech services overl LTE. The high level breakdown can be used to assist in the discussions within the ART_LTE-UE work item and can be adapted as needed based on discussions within SA WG4. In addition, a proposal is made with regards to a definition of the reference points for UE delay.
2 High Level Block Diagram of Media Path delay components in a LTE to LTE call.

A high level block diagram of the media path delay components in an LTE to LTE call scenario is proposed in Figure 2‑1. The description of the individual delay components is found in Table 2‑1.
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Figure 2‑1 Block diagram of MTSI based speech services media path delay components in an LTE-LTE call

Table 2‑1 - Media path delay components in a LTE to LTE voice call
	Identifier
	Description
	Assignment

	T_aco_tx:
	The acoustic path delay between MRP and the UE microphone.
	UE

	T_afe_tx:
	The delay between the instant when an acoustic event is present at the UE microphone and the instant when its corresponding PCM digital sample is available to the audio signal processing unit at the appropriate sampling rate.
	UE

	T_buffer:
	The duration of the segment of PCM speech operated on by the speech transcoder.
	UE

	T_spch_enh_tx:
	The speech enhancement algorithmic and processing delay in the uplink.
	UE

	T_spch_enc:
	The speech encoder algorithmic and processing delay and any delays in delivering the speech encoded frame to RTP packetization.
	UE

	T_L2_UE_tx:
	The delay between a new encoded speech frame becoming available for RTP packetization and the packet becoming available to the TX UE physical layer. (includes RTP packetization, UDP/IP, and RoHC).
	UE

	T_L1_rftx*:
	The delay between the instant when an uplink RTP packet becomes available to the TX UE physical layer and the instant when it becomes available for robust header decompression at the TX eNodeB.
	Network

	T_L2_TX_eNodeB:
	The delay required for Layer 2 operations at the TX eNodeB.
	Network

	T_eNodeB_EPC:
	The RTP packet transmission delay from the TX_eNodeB to the evolved packet core.
	Network

	T_EPC:
	The transmission delay of an RTP packet within the evolved packet core.
	Network

	T_EPC_eNodeB:
	The RTP packet transmission delay from the evolved packet core to the RX_eNodeB
	Network

	T_L2_RX_eNodeB:
	The delay required for Layer 2 operations at the RX eNodeB.


	Network

	T_L1_rfrx*:
	The delay between the instant when a downlink RTP packet becomes available to the physical layer at the RX eNodeB and the instant when it becomes available for robust header decompression at the RX UE.
	Network

	T_L2_UE_rx:
	The Layer 2 delays within the UE in the receiving direction. (includes robust header de-compression, UDP/IP, and RTP de-packetization) and any delays in making the packets available to the JBM.
	UE

	T_jbm:
	The de-jitter buffer delay in the UE (variable depending on transmission conditions) and any delays in making the packets available for the speech decoder.
	UE

	T_spch_dec:
	The speech decoder algorithmic and processing delay.
	UE

	T_spch_enh_rx:
	The speech enhancement algorithmic and processing delay in the downlink.


	UE

	T_afe_rx:
	The delay between the instant when a PCM digital sample is made available by the audio signal processing unit to the instant when its corresponding acoustic event is played back at the UE loudspeaker.


	UE

	T_aco_rx:
	The acoustic path delay between the UE loudspeaker and the DRP.
	UE


*These delays may be considered as part of the eNodeB delay since they are mainly dependent on the need for HARQ, TTI bundling, choice of DRX cycle, grant sizes for UL, choice between SPS and dynamic scheduling, FDD vs TDD and etc. The network simulator delay would then be derived by looking at the RTP2RTP time stamps.
3 Discussion

In contrast to GSM and UMTS, many different transmission configurations are possible for MTSI based speech over LTE and they each offer a different trade-off between power savings, media path delay, voice quality, etc. Examples of such differences include:

· FDD x TDD

· Semi-persistent x Dynamic scheduling

· Long or short CDRX cycle times

· TTI bundling

· HARQ re-transmissions

These different radio access configurations are controlled by the eNodeB and depend also on channel conditions. 
In the definition of GSM MS delay in TS.43.050, all the air interface delays are assigned to the UE. For LTE, although some of the transmission delays happen physically in the UE (including turbo-coding, interleaving, etc), they may be seen as part of the network delay since they are a function of the scheduling imposed by the eNodeB scheduler. As the TTI of LTE is much smaller (1ms) than what is found in GSM or UMTS, the bulk of the radio access delay depends on network configuration decisions such as choice of CDRX cycles. 

Therefore, In order to have a LTE UE delay accounting that is not varying with the many choices of network configuration, a delay accounting paradigm that sees the air interface and access channel delays as part of the LTE network may be a more pragmatic and repeatable approach for UE testing.

In addition, this paradigm enables easy derivation of the network simulator delay values by knowledge of the RTP time stamps in the UE.

A separate contribution describes a proposal for a specific testing configuration.

4 Proposal

It is proposed to adopt the following definition of UE delay for LTE terminals (exact wording to be discussed):
 “The UE delay in the send (uplink) direction is the delay between an acoustic event at the MRP to the instant when the corresponding RTP packet becomes available for LTE modem transmission at the UE”
“The UE delay in the receive (downlink) direction is the delay between the instant when an RTP packet becomes available for de-packetization at the UE and the last acoustic event at the ERP of the corresponding packet”
A few notes:

· The network simulator delay can be directly found by looking at the RTP time stamps in the UE on the send and receive directions with the UE in a loopback call mode (RTP2RTP measurement).
· The UE delay can then be directly found by subtracting the RTP2RTP delay (network) from the measured M2E (mouth to ear) delay.

· The RTP2RTP only needs to be taken once for a given network simulator access channel configuration.*
· Any re-transmission delays are accounted as network delays in this methodology since the RTP packet must be available to the UE.


*There can be some variation on the RTP2RTP measurement depending on the UE used to derive the results. This is due to variation in UE channel coding implementations but these are very small (1-2 ms) and well within the error estimates that are used today for e.g. CMU200 in UMTS/GSM.
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