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Abstract: This contribution proposes some clarifications to TS 22.827 in Section 7 and Section 8 mainly for clarifications purpose.
This pCR propose four changes in TR 22.827 in Section 7 and Section 8.  The first change is regarding to the distribution of packet errors. We fully agree with this requirement but so far did see it was included in the consolidated requirements part yet.  Thus we provide this editor note as a reminder and also a few rewording within text.  The second change is editorial, align PN with MNO in other places of the TR.  The third change is clarification about PER calculation according to the assumption in downstream working group i.e. SA2.  In TS 23.501, how to count PER has been specified and for non-GBR service, packet which don’t conform the latency constraints are not counted as error.  For GBR service, this case should be counted as packet error.  The third change is to add an editor note to clarify the gap of current existing 5G system.  We are in general fine to  have the requirement but want to make it more clear.
---------- Change#1 ----------
7
Additional considerations
7.1 Reliability
Packet error rate might not be sufficient to describe the reliability of a communication system for audio use cases. The distribution of packet errors is essential to guarantee the functionality of an audio application. A packet error rate, in terms of not transmitted / received packets per time, is only valid as a measurement in such use cases if packet errors are equally distributed over time. In any other case, additional measurements e.g. which can reflect the distribution of packet errors are required to evaluate the reliability of a communication system in audio contexts.
For Video use cases the loss of a packet is critical as it will result in picture freeze or breakup on the output. While latency can be increased in order to mitigate packet loss, there are limits on the amount of latency that can be tolerated dependent on the use case.
7.2 Interface to reduce time misalignment

The transition from application to communication system can generate relatively large amounts of delay in audio use cases with ultra-low latency data transfers. Such delays can occur when audio capturing and processing is not time-aligned to a utilized communication system e.g. with periodic transmission slots. The packaging of audio transfers is generally flexible with a granularity of a single audio sample (e.g. 20.83µs at 48kHz sample rate) and could be aligned to a communication system if appropriate interfaces are available. The delay from misalignment could be minimized in this way, and the end-to-end latency requirements for some use cases could be relaxed if such an interface exists. 

7.3 Spectral efficiency
Spectral efficiency of digital communication systems is a measure of how efficiently a limited range of spectrum is utilized by protocols of the two lowest layers, the physical layer and the data link control layer, and refers to the net bitrate which is transmitted over a given bandwidth of the communication channel. It is measured in bit/s/Hz.

Spectral efficiency does not include a latency requirement, which is one of the most challenging KPIs considering audio streaming. Therefore, it is not possible to derive the possible number of audio streams just be knowing the system’s spectral efficiency only. Latency requirements must be considered. In addition, it makes it very difficult to compare the performance of a system without latency requirements with a system having strong latency requirements. Besides, a decrease of latency goes hand in hand with a decrease of spectral efficiency. To be able to compare different communication systems, it could be useful to define a new performance indicator which combines the latency requirement, the number of audio streams, and the occupied bandwidth.
---------- Change#2 ---------
7.4 Hand-over between nodes

The 5G system shall be able to support seamless intra-cell and inter-cell service continuity whilst in use, there should be no visible freezing, glitching or artefacts as transmission devices switches between receive nodes in NPN-NPN or PLMN-PLMN scenarios and where possible NPN-PLMN and PLMN to NPN should also be seamless.  Latency should be maintained across the node boundaries.

7.5 Audio and video synchronisation

For video use cases it should be assumed that audio is carried alongside or embedded in the video stream. These should remain synchronous to within frame boundaries of the video signal.

7.6 Predictable and constant latency

When multiple devices are deployed across the 5G network a fixed and constant latency should be applied. This is to enable 2 or more AV signals to be synchronised without any drift between the 2 signals over time.

7.7 PTP IEEE 1588 with SMPTE ST-2059-2 profile

IEEE 1588 with an SMPTE ST-2059-2 profile should be able to be generated by a UE device.  When a UE master clock generates a compliant clock, this should be available for distribution to other locally connected devices running slave or boundary clocks.
---------- End Change ----------

