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Introduction
We propose to include the following texts describing technical issues of handling video in clause 8, Media Consideration, of [1].
*** Start change 1 ***
8.2
Video
8.2.1
Operational Variance
In use cases such as the composition of video, performance of video encoders in the RSUs or vehicles need to be similar, to enable a consistent quality of video over entire directions. However, as typical standards for video codecs define only the structure of decoder and bit-stream, performance of video encoders are left to the discretion of implementation. As a result, even at the same profile and level, performance of video encoders may vary widely, generating at similar bit-rates video bit-streams with a diversity of quality, depending on factors such as the complexity or contents. This variance may limit the performance of V2X systems.
8.2.2
Adaptation
8.2.2.1 General
Streaming of video puts extra requirements on the access as the bitrates are typically high and can easily exceed the available network capacity. Bitrates up to 12 Mbps are not uncommon for Full HD resolutions. Addition of several cameras for full 360 (several video screens or stitched for VR goggles) view can lead to bitrates up to 80 Mbps. NR and 5G deployment can in the future provide with very high access bitrate in some areas, while other areas have lower access bitrate, to further complicate things, the networks may be loaded differently, depending on time of day or other special events. The use of MBR/GBR bearers can provide certain guarantees that a GBR bitrate can be offered to a given V2X application and this can help to ensure a minimal acceptable media quality also when network load is high.
Despite this, it is necessary to make V2X applications that use video for e.g. tele-remote control of vehicles rate adaptive.
1. Delay: Connections (a.k.a. radio bearers) over a cellular LTE or NR connection can deliver a throughput that depends on a number of factors such as radio quality, that can be dependent on distance to the radio base station; and network load that depends on number of simultaneous users and their traffic mix. QoS can be used to prioritize one type of users over others, for instance a GBR (guaranteed bitrate) can be configured that gives priority for the amount of data per unit time fitting within the agreed GBR. If there is still spare capacity, data beyond that will also be transmitted but not prioritized. A guaranteed bitrate can be offered as long as there is available capacity in the network or there are other, less prioritized users to take capacity from. A V2X application that tries to send at a higher rate than what is possible, will experience an increasing delay because packets will start to become queued up in the radio interface.

2. Packet loss: Packet loss occur for two reasons, they are either related to congestion or more of a stochastic nature. In LTE, the packet losses that occur are predominantly congestion related. Thus, packet losses occur mainly when queues are filled up too much.

Increased delay because of queuing should be avoided in tele-remote applications, because long delays can make the remote control sluggish, with decreased usability and potential increased security risks as a result. In the worst case a video playout may become choppy, slow down or even freeze completely. Packet losses are undesired, low levels of packet loss can be acceptable as it may only affect a small part of a reproduced video image for a limited time. Large levels of packet loss can give ghost images or potentially cause the video image to freeze completely for longer periods.
Another aspect of multi-camera video streaming in the presence of network congestion is that it can be desired that some cameras representing a more important field of view are more preserved, this means that less important cameras are sacrificed.
Congestion control for multimedia is in some respect a well-researched area. The MTSI based congestion control is described in TS 26.114. Lately, IETF chartered standardisation work for multimedia congestion control in the RMCAT working group.

SCReAM (RFC8298) [24], developed under the RMCAT charter in IETF, was initially devised for WebRTC but has been refined for tele-remote operation of industrial vehicles. For instance, SCReAM congestion control is being evaluated in the EU SIMS project [22] where SCReAM congestion control of multicamera video over LTE is demonstrated in a setup with four or six commercially available IP cameras. SCReAM was from the very beginning devised for good operation over cellular links such as LTE. The function in SCReAM and its applicability to tele-remote operation is described in [23]. SCReAM is, besides being sensitive to delay changes, also sensitive to packet loss. Furthermore, SCReAM has built-in ECN support.

One interesting feature with SCReAM is that it has built it stream prioritization, this makes it possible to prioritize e.g. one camera stream when the available network bandwidth becomes critically low. This can for instance be used in a tele-remote setup where a front camera is deemed more important than the other cameras.  This built-in priority mechanism in SCReAM can be used instead of a network based QoS differentiation mechanism for instance in cases where a network based QoS differentiation mechanism is not practical to realize.
8.2.2.2 Level of Adaptation Control
In many use cases including video, such as the support of remote driving or the update of HD maps, the control server or the network may have to exercise a precise control over the operation of video encoders in the RSUs or vehicles. For example, key parameters such as the bit-rate or frame rate may have to be modified to new values within time limits and also within bounded ranges while maintaining certain quality targets.

In conversational services (e.g. TS 26.114 [20]), the UE or the conference server can control the operation of voice/audio encoders to a higher level than the video encoders, capable of changing bit-rate or audio bandwidth within a time window of a few frames, via in-band signalling such as CMR. On the other hand, the video encoders can be controlled via out-of-band, codec-independent signalling such as TMMBR. Contemporary video codecs such as H.264 [29] or H.265 [30] do not provide in-band signalling mechanisms in their Network Adaptation Layers (NAL), which play the role of RTP payload header that includes CMR in the 3GPP voice/audio codecs.
*** End change 1 ***
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