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1 Introduction
This document addresses the evaluation and requirement on UE delay for LTE access. The discussion on the measurement interface is considered as also applicable for other acoustic related requirements for LTE access.
For GSM and UMTS access, the reference point for the UE delay requirements is defined in 3GPP TS 43.050 as

· The delay in the uplink direction is the delay between an acoustic event at the MRP to the last bit of the corresponding speech frame at output of the antenna connector
· The delay in the downlink direction is the delay between the first bit of a speech frame at the antenna connector and the last acoustic event at the ERP
This definition is also adopted in 3GPP 26.131 and 26.132. 

Based on an analysis of the round trip total delay, it is proposed to adapt a similar definition for LTE, with the necessary adoptions based on the fundamental differences of the LTE air interface compared to GSM and UMTS.

Particularly, it is considered that at least these differences needs to be addressed in the definition of UE reference points and requirement for LTE access:

· The GSM and UMTS air interface includes a speech frame interleaving (of 37.5ms and 40ms, respectively including the radio transmission time) for obtaining robustness to varying channel conditions. LTE does not include any such interleaving, but the channel condition robustness is achieved via the means of re-transmission of lost packet.

· For GSM and UMTS, transmission errors do not affect the delay (lost frames are handled by error concealment), but for LTE transmission errors causes re-transmission resulting in varying packet arrival times equalized by a jitter buffer to allow for continuous stream of speech samples (time-out of re-transmission is handled by error concealment).

· In transcoder free operation for GSM and UMTS, the radio access network synchronizes the transmission over each leg in the transmission. Hence there is no need to study UE delay separately for transcoding and transcoder free call cases. For transcoder free operation in LTE access there are typically no network element that equalizes the packet delay variations, and the jitter buffer in the down link of the UE will hence be exposed to the total end-to-end packet delay variation (the summed effect of the remote UE up-link LTE air interface, core network jitter, and local UE down-link LTE air interface). Hence, the packet delay variation that the UE is exposed to may differ significantly between transcoder and transcoding free interfaces. Also, for use cases including core network transcoding there will be additional jitter buffers in the core network that will affect the round trip total delay.       
2 GSM and UMTS round trip total delay

To facilitate for the discussion of LTE UE delay reference points, the components of the round trip total delay for GSM and UMTS are revisited on an abstracted level.
The UE delay reference points for GSM and UMTS is depicted in Figure 1. Note that the processing delay of the system simulator shall be deducted from the measured delay, and that all measurements are performed in error free conditions (i.e. the channel simulator [Ch sim] is not affecting the signal). 

A GSM or UMTS call case including PCM transcoding is outlined in Figure 2. For the ease of exposition, the right hand side device is depicted as a mobile, but the call case also encompasses e.g PSTN interworking with no major changes in the conclusions. With the defined UE delay reference point, denoted by the letter ‘D’ in a circle in the diagram, it can be seen that the round trip total delay (measured from mouth-to-ear of the UE) equals: Two times UE delay + two times the transcoding delay + two times the core network transport delay. 
Similarly, a transcoder free call case for GSM or UMTS is depicted in Figure 3. For this call case, the round trip total delay equals: Two times UE delay + two times the core network transport delay.

Hence, as expected, the UE delay reference points naturally leads to an intuitively correct division of the elements in the round trip total delay.  
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Figure 1: GSM and UMTS UE delay reference points and measurement interface.
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Figure 2: GSM and UMTS call case including PCM transcoding.
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Figure 3: GSM and UMTS transcoder free call case.
3 LTE round trip total delay

Figure 4 depicts an LTE call case including PCM transcoding. The example shows UE’s with LTE access on both ends, but the right hand side device could have any access, e.g. GSM or UMTS, or be a PSTN connection. 

As seen from the diagram, the packet delay variations for the UE down link LTE access is handled by the jitter buffer of the UE whereas the UE up link LTE access is handled by a jitter buffer in the media gateway. Unlike the interleaving performed in GSM and UMTS, which is a standardized procedure, a jitter buffer is a proprietary implementation and its performance is not standardized. Hence, the effect of the delay due to packet arrival time variations in the up-link can not be attributed to the sending UE, but should be attributed to the transcoding operation. Thus, unlike the case for GSM and UMTS, the UE delay reference point cannot be defined after the receiver in the radio access network, but the effect of the packet re-transmissions should be excluded from the UE delay measurement. This is indicated in Figure 4 by placing the UE uplink delay reference point (denoted by the letter ‘D’) prior to the UE LTE air interface. The UE down link delay reference point is defined similarly to the case for GSM and UMTS prior to the LTE air interface in the down link. The effect of the reference point on the requirements is further discussed in Section 5.

With these definitions of the UE delay reference points, the round trip total delay equals (for an LTE to LTE call including PCM transcoding): Two times the UE delay + two times the transcoding delay (including the effect of the jitter buffer in the media gateway) + two times the core network transport delay. This segmentation of the delay is in line with the case for GSM an UMTS. Note that unlike the case for GSM and UMTS, the main component of the delay in the LTE up-link air interface (the possible re-transmissions equalized by the jitter buffer) is not attributed to the UE delay but is considered as being part of the transcoding delay.   
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Figure 4: LTE call case including PCM transcoding.
In Figure 5, a transcoder free LTE to LTE call case is shown. Since no equalization of the packet arrival time variations are performed in the core network, the jitter buffer in the down link of the UE is exposed to the combined effect of the LTE air interface in the up link of the remote UE, the jitter in the core network, and the LTE air interface in the down link of the local UE. This is indicated by that the UE delay reference of the UE down link is prior to the LTE air interface of the remote UE. However, this is only a theoretical construction indicating which elements in the transmission path that influences the delay of the UE. The practical implications are discussed in Section 4. For the LTE transcoder free operation use case, the round trip total delay equals: Two times the UE delay + two times the static delay of the core network transmission.  
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Figure 5: LTE transcoder free use case
4 LTE UE measurement interface and delay reference points 
With reference to the call cases and discussion on the round trip total delay described in Section 3, it proposed to define the UE delay reference points as indicated in Figure 6. In the down link, the Access tx and Channel simulator elements in the System simulator box is intended to replicate the typical behaviour of the packet delay variations for the respective call cases: For the transcoding use case one LTE air interface, and for the transcoder free call case the combined effect of two LTE air interfaces and the core network transport jitter. This can be simulated e.g. by means of defining error profiles representative of the respective call cases, similarly to what is defined in 3GPP TS 26.114 for the MTSI jitter buffer performance requirements.
For the up link, Access rcv and Channel simulator elements in the System simulator should be set to error free resulting in no re-transmissions, thus excluding the effect of the delayed packet arrival times in the up link, which as discussed in Section 3 not should be attributed to the local UE.  

With these definitions and settings, it is considered that a characterization of the UE delay for LTE can be accomplished that are in line with the delay contributions of the various network components for GSM and UMTS.

Note that similarly as proposed for GSM and UMTS, the processing time and internal buffering etc. of the system simulator should be excluded from the measured delay.

[image: image6.emf]Access

rcv

Audio

proc

D/A

D/A

Frame 

buffer

Audio

proc

Access 

tx

Access

tx

Sp

enc

Frame 

buffer

Access

rcv

Sp

dec

Ch

sim

Ch

sim

D

D

Jitter 

buffer

Jitter 

buffer

Measurement interface

D

UE delay reference point

UE

System simulator


Figure 6: UE delay reference points and measurement interfaces.
5 LTE UE delay requirements

In TS 26.131, delay requirements are stipulated for UMTS access. The requirement is of the total UE delay, i.e. the sum of send and receive delay, and the delay shall be less than or equal to 220 ms, and as a performance objective the delay should be less than or equal to 185 ms. 
Assuming that a similar round trip total delay is expected for LTE access as for UMTS for similar call cases, this can be translated to LTE UE delay requirements as follow. The design specific delay of the air interface is two times the interleaving and radio transmission, i.e. 2x40ms. For the transcoding use case, including a single LTE air interface to be equalized in the down link and a single LTE air interface to be equalized in the media gateway prior to the PCM transcoding (or synchronization with e.g. GSM or UMTS transcoder free call case), it can be assumed that these 80 ms should be equally split between the UE down link processing and the handling of packet delay variations in the media gateway. Thus, to obtain similar round trip total delay for single LTE links, the requirement translates into a “shall” of 180 ms and a “should” of 145 ms. 
For LTE to LTE transcoder free call cases, no equalization is performed except in the two down link end points, thus the requirement translates to a similarly as for UMTS  a “shall” of 220 ms and a “should” of 180 ms. 

Since the UE is typically not aware of the connection at the other end and if it is a transcoder free LTE to LTE call case, it is considered that the equalization of the packet delay variations has to be adapted to the actual variations that is experienced, that may differ between the two call cases. Typically, the variation is more pronounced and larger in a transcoder free call case. 
Also, since the packet delay variations will fluctuate over time, it is considered that the UE delay has to be measured continuously over a longer period of time. It is further assumed that the handling of the packet delay variations may include advanced signal processing that is tailored to the properties of speech signals, thus the delay should preferably be measured using a speech signal and the subjective speech quality measured during the delay measurement process. Particularly so since there for large packet delay variations may be a trade-off between the delay and speech quality.

As discussed above, it is considered that the UE delay has to be measured for a number of call cases, each represented by different packet delay variations and lost packet rates. An example of the call cases is presented in Table 1. Note that the requirement presented are for further discussion and only reflects what is believed to be the requirement that is expected for obtaining a similar round trip total delay as for UMTS. 

Table 1: Proposal for discussion of structure of UE delay requirements.

	Profile
	Characteristics
	Requirements
	Comments

	
	
	Delay
	SQ
	

	LTE-to-PCM transcoding (single LTE air i/f)
	A
	1
	Error free
	[180/145] ms
	“CS error free”
	

	
	
	2
	“Moderate jitter”
	[180/145] ms
	“CS error free”
	

	
	
	3
	“Large jitter an packet losses”
	[220/185]+
f(SQ) ms
	“CS error free” – f(Delay)
	Possible trade off between increased delay and retained SQ?

	LTE-to-LTE (two LTE air i/f + CN jitter


	B
	1
	Error free
	[180/145] ms
	“CS error free”
	The same as A1

	
	
	2
	“Moderate jitter”
	[220/185] ms
	“CS error free”
	

	
	
	3
	“Large jitter an packet losses”
	[220/185]+
f(SQ)  ms
	“CS error free” – f(Delay)
	Possible trade off between increased delay and retained SQ?


6 Proposal

A discussion of various aspects of UE delay requirements and measurements have been presented. Particularly, in the process of deriving the UE delay requirements it is proposed to consider the following:
· Define the UE delay reference points so as to exclude the effects of the local LTE up link in the send delay measurement, and include the effects of the remote UE LTE up link air interface in the receive delay measurement.

· Measure the UE delay in call cases representative of both transcoder free and transcoding use cases. The latter include all CS interworking.

· Define delay requirements based on the effect of the total round trip delay for different call cases.

· Measure the UE delay as a function of time during different packet delay variation scenarios.

· Use speech signals for the delay measurement and also monitor the speech quality during the delay measurement

· Consider the effect of a trade-of between delay and speech quality for large packet delay variations.
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