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1 Introduction
At SA4#40, there was an agreement to use the six channel profiles submitted in [1] when evaluating the minimum performance requirements on a specific candidate jitter buffer to be used in MTSI. However, there were opinions raised to check and see that the RAN1 profiles submitted to SA4 in [2] and [3] did not contain jitter characteristics that were not sufficiently covered in the channels proposed in [1].  
This contribution consists of two parts. First, we present the investigation of the RAN 1 channels we have made to verify that no significant new jitter behaviour, not already covered by the agreed six channels, would be found in [2] and [3]. And second, we provide an update to the channels provided in [1] correcting an erroneous scaling factor in channel 6.
2 Comparison with RAN1 profiles
SA4 has previously received channel profiles from RAN1 which contained HSPA simulations for PS speech traffic. These profiles contained delay traces and packet loss masks and will be used in the SA4 work items targeted to characterize the performance of jitter buffers. Below we present an overview over the characteristics that these channels contain.
2.1 Simulation data, set 1

The first simulation data set can be found in [2]. It consists of separate uplink and downlink simulations in four different load situations; 40, 60, 80 and 100 UEs. Both 2 msec and 10msec uplink TTIs are included as well as pedestrian and vehicular users. In order to facilitate the evaluation of these traces, they have been concatenated into full uplink+downlink traces in a similar way as shown in [4]. The evaluation has target to identify channel characteristics not found in the channels in [1]. 

In the low and medium load simulations (40-80 UEs) with both low mobility (pedestrian) and high mobility (vehicular), a rather well-confined jitter space could be seen. The amount of jitter seen is in between 20 and 60 msec with a rather confined (non-varying) behaviour. This is very much similar to channels 1 and 2 in [1]. No new behaviour could be found.
In high load situations (100UEs), the jitter situation becomes more challenging. The amount of jitter increases up to 100 msec and the jitter characteristics changes during the session. However, this behaviour could also be seen in both channels 3 and 4, where even more challenging jitter situations occur. Hence, no new behaviour could be found.

All in all, based on the simulation data found in [2], no new jitter characteristics could be found which was not already covered in the channels found in [1]. 

2.2 Simulation data, set 2
The second set of simulation data is found in [3]. Here, similar simulations as in [2] have been performed but using slightly different settings. The down link part of these simulations uses different delay bounds; 55, 95, 100, 155 and 215 msec. Two different load situations were simulated; 45 users and 100 users. The uplink used 2 msec TTI and at maximum three re-transmissions. Two scenarios; PA3 and PB3 were used.
In these simulations, the characteristics of the jitter were roughly the same in all scenarios, however, the jitter amplitude varied depending on the delay bounds. In the most challenging situations, 100 users and delay bound 215 msec, the jitter amplitude was up to 100 msec with some delay spikes up to 250 msec.
Comparing with the channels in [1], similar behaviour can be found in several different profiles. Delay spikes up to 300 msec can be found in channel 6 and similar jitter profiles in channels 1 through 4. Hence, also in this case, no new jitter characteristics could be found which would further expand the jitter space to be used for measuring compliance with the performance requirements for jitter management algorithms in MTSI.
3 Updated channel profiles
When looking further into the channel profiles proposed in [1] during this investigation, an error referring to the actual scaling of the delay profiles has been found in channel 6. This channel, which data is based on the simulated behaviour of an interactive 64 kbps RAB on a dedicated channel in the uplink and HSDPA in the downlink, was not presented accurately in the previous proposal. The error consisted in an erroneous interpretation of the output data from the simulation environment and was therefore presented in an incorrect way. Hence, an updated channel is attached electronically to this input document. All other channels have been verified not to suffer from the same error. 
For completeness, all channels are described below and included electronically to this document.

3.1 Channel 1

· Low-amplitude, static jitter characteristics throughout the session.
· 1 speech frame per RTP packet.

· No link losses
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3.2 Channel 2

· Hi-amplitude, static jitter characteristics throughout the session.
· 1 speech frame per RTP packet.

· 0.24% packet loss rate
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3.3 Channel 3
· Low/high amplitude, changing jitter during the session.
· 1 speech frame per RTP packet

· 0.51% packet loss rate
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3.4 Channel 4
· Varying jitter situation with high amplitude jitter mixed with low amplitude jitter and high packet loss rate.
· 1 speech frame per RTP packet

· 2.4% packet loss rate
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3.5 Channel 5

· Moderate basic static jitter characteristics with occasional moderate delay spikes, significant packet loss rate.
· 2 speech frames per RTP packet

· 5.9% packet loss rate, 11.8% speech frame loss rate
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3.6 Channel 6

· Moderate basic static jitter characteristics with severe delay spikes appearing frequently.
· 1 speech frame per RTP packet

· 0.1% packet loss rate
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4 Proposals
Hence, in accordance with the information in sections 2 and 3, Ericsson proposes that 3GPP-SA4 adopts the use of the six channels submitted electronically in this proposal, including the updated channel 6, for setting the performance requirements for jitter buffer management algorithms in MTSI.
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