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1. Introduction
Clause 5.1 – Setup for Terminals, of 3GPP TS 26.132 V12.1.0 specifies that the jitter in the IP transport for MTSI based speech shall be < 1ms.

 In S4-140127 it was observed that some amount of jitter exists in the “clean channel condition” case for downlink UE delay measurement. It was considered that some of this jitter may be due to the system simulator setup. In particular, wireshark logs made at the MFEVIII.1 were shown in the Appendix of S4-140127 to exhibit some delay. Further investigation on the topic was suggested. 
This contribution reviews results of RTP Relative Jitter seen at the UE jitter buffer management when comparing the loopback mode setup and the receive delay measurement setup using a reference client (separate downlink stream).
In addition, further investigation into the results presented in S4-140390 for loopback measurements is presented in section 3.

2. Experimental setup
The following test equipment SW versions are used for these experiments:

MFEVIII.1 
FW 1.3.159

CMW500 
BASE SW 3.2.40.22



DAU SW 3.2.20



LTE SW 3.2.60
2.1 System simulator jitter in loopback delay measurements

For the loopback measurements the UE is mounted on HATS and a 1kHz tone with -4.7dBPa @ MRP is played over the mouth simulator in order to have a continuous packet transmission (no SID frames). It is noted that in loopback mode DTX is active as the UE acts as speech encoder and decoder. This is in contrast to the use of the external reference client which currently does not support DTX operation.

The UE is connected to the CMW500 network simulator and a packet loopback is established. The RCV RTP stream is monitored at the jitter buffer manager of the UE through the use of logging tools.

The plot below shows the relative jitter as seen by the UE for the case of loopback measurements
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Figure 2‑1 Relative jitter in downlink during loopback measurements in ideal conditions
It can be seen that the jitter sometimes exceeds 1ms. However most of this jitter is associated with variation in transmission and reception processing times by the UE radio interface so it can be assumed that the test equipment follows the requirements in clause 5.1
2.2 System simulator jitter in receive delay measurements
Prior to the measurements, clock drift between the UE and the reference client is compensated for by adjusting the clock of the reference client. 

For the RCV measurements, the UE is mounted on HATS and a 1kHz tone with -16dBm0 is played over the reference client in order to have a continuous packet transmission (no SID frames).

The UE is connected to the CMW500 network simulator and RTP communication with the MFEVIII.1 reference client is established through a port in the CMW500 device. The RCV RTP stream is monitored at the jitter buffer manager of the UE through the use of logging tools.

The plot below shows the relative jitter as seen by the UE for the case of RCV measurements using the external reference client
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The expectation for jitter should be lower in this mode since only one air interface direction is used in the UE. However, it can be seen that for some packets, the jitter sometimes approaches 10ms. This variation is above what can be expected for variations in radio processing by the UE and falls above the 1ms jitter requirement for the IP transport for MTSI based speech clients. 

3. Impact of system simulator fixed delay on loopback measurements
Next, a commercial VoLTE device is used for loopback measurements. The CMW500 is used for the measurements and packet lookback is established within the CMW500. The setup is similar to what is described in S4-140390, except that the added impairments are applied within the CMW500 and not through the external MFE IX network impairment module.
Results are shown in table below:
Table 0‑1 Loopback delay measurements with added fixed delay impairment prior to correction by the system simulator delays.

	
	Mouth to ear delay in loopback mode

	Call
	Call 1
	Call 2
	Call 3
	Call 4
	Call 5

	Added fixed delay in Network simulator
	0ms
	5ms
	10ms
	15ms
	20ms

	Burst 1
	213.1
	214.7
	213.7
	213.7
	213.7

	Burst 2
	213.7
	213.7
	213.7
	213.7
	233.7

	Burst 3
	213.7
	213.7
	213.7
	213.7
	233.7

	Burst 4
	213.7
	213.7
	213.7
	213.7
	233.7

	Burst 5
	213.7
	213.7
	213.7
	213.7
	233.7


These results are prior to correction by the network simulator delay. It is seen that the results are very stable from call to call. This behavior is expected by the source. Although there is not a requirement on explicit synchronization between encoding and decoding operations, it can be expected that both encoding and decoding operations are triggered by the same start message and the timing for these operations are constant from call to call. These results are in contrast to what is reported in S4-140390.
Correcting for the network simulator delay, estimated in S4-131351 to be up to 10.7ms, MFEVI.1 delays (estimated to be 1.71ms 1in S4-140390) and the added impairments, the following results are obtained for the UE delay:

	
	UE delay

	Call
	Call 1
	Call 2
	Call 3
	Call 4
	Call 5

	Added fixed delay in Network simulator
	0ms
	5ms
	10ms
	15ms
	20ms

	Burst 1
	200.6
	197.3
	191.3
	186.3
	181.3

	Burst 2
	201.3
	196.3
	191.3
	186.3
	201.3

	Burst 3
	201.3
	196.3
	191.3
	186.3
	201.3

	Burst 4
	201.3
	196.3
	191.3
	186.3
	201.3

	Burst 5
	201.3
	196.3
	191.3
	186.3
	201.3


The result after correction is that the UE delay depends on the delay of the system simulator. This behavior is also expected because the jitter buffer may hold the packet for a different amount of time prior to speech decoding depending on the instant of time when the speech coder and jitter buffer are initialized. The initialization of the two functions, i.e., JBM and speech decoding, are not necessarily synchronized. I.e. the encoder can be initialized when an ACK message is received from IMS whereas the jitter buffer timer may be initialized when the first packet is received.
The result is that all measurements reported above for the UE are true, but follow within the 20ms window variation previously reported.
In case there is no synchronization between the initialization of the speech encoder and decoder operations, and the actual timing for the initialization is random, as suspected for e.g. the UE reported in S4-140390, it is the view of the source that the results are also valid and need to be considered as part of the UE implementation dependent delay.
To simplify measurements, one can limit the test to two added delay impairments: 0 and 18ms to cause the maximum variation in UE delay (within the 20ms boundary)

4. Conclusions

With the test setup used, the results presented indicate that, in loopback mode, the jitter in the system simulator is compliant to the requirements in 3GPP TS 26.132. However, when using an external reference client, the jitter in the receiving direction higher than what is expected due to jitter in the radio interface. This reinforces the observations in S4-140127 and warrants further investigation by test equipment vendors.
The loopback mode is shown to represent the actual behavior of terminals. The observations are similar to what was identified in S4-140390, i.e. that the delay of the UE is dependent on the state of the jitter buffer at the initialization of the call but, in this contribution, it is shown that this dependence can be properly characterized by varying the length of the loopback delay in the system simulator.

Furthermore, the loopback delay measurement offers a more reliable and stable characterization of the UE delay components, as clock drift effects to the measurement are removed and jitter in the IP transmission is minimized.

With this added procedure, the loopback method provides a stable and repeated test methodology while also addressing the variations in delay due to lack of synchronization at call start.
5. Proposal
1 - In order to avoid dependencies of UE delay measurement results for different fixed system simulator delays, the approach of using 2 different calls with a respective fixed added impairment of 0 and 18ms is proposed. For each call 5 repeats of the burst are conducted. The average delay is reported.

2 – Further investigation is proposed to test equipment vendors in order to understand the source of jitter been observed in the RCV path measurements. The results in section 2.2 indicate that the current observed jitter in IP transport is not compliant to the current requirements in 3GPP TS 26.132.
6. Works Cited
	
	3GPP TS 26.132 v12.1.0 Speech and video telephony terminal acoustic test specification
S4-140127 - Delay and speech quality measurements for VoLTE, Source: Qualcomm, Incorporated, TSG SA WG4 #77, Seoul, Korea
S4-140390 - VoLTE terminal delay measurements in sending and receiving, Source: HEAD acoustics GmbH, TSG SA WG4 #78




