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Introduction
This document reiterates the motivations introduced in document [1] at the SA4#103 meeting for not dropping RTP/RTSP streaming in the new streaming architecture for the 5GMS3 WI.
Motivations
As already mentioned in [1], removing RTP/RTSP streaming may cause severe consequences. These are here summarized:
1. Jump back in time in terms of feature set. Removing an advanced feature that provides low delay streaming is actually not a technology progress, but a regress.
2. The time-critical low delay streaming use case would be disabled. The site [2] provides a review of ultra-low delay streaming protocols (See Figure 1). RTP is mentioned as the protocol offering the lowest possible delay, among those available.
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Figure 1. Protocols for ultra low latency streaming
3. Several IP cameras on the market use RTP/RTSP. See [3] (388 brands and 24.525 RTSP IP camera models, among which are 3GPP members such as LG, Panasonic, Samsung, Sony). The site states “RTSP-enabled IP-cameras are an important component of modern video management systems. Real-time Transport Protocol (RTP) and Real Time Streaming Protocol (RTSP) allow for the direct video feed capture from network surveillance video IP-cameras. RTSP provides unprecedented ease of implementation and has been embraced by nearly every mainstream IP-camera manufacturer in the market.”
4. Current drone networks on the market (for example from Nokia) use RTP/RTSP. See [4].
5. Game streaming use cases, even the ones under consideration by SA4 in the XR_5G study item, would not be addressed.
6. An end-to-end solution which includes uplink streaming (via FLUS and RTP) + downlink streaming using DASH (or CMAF) would require protocol translation and further increase of the end-to-end delay. This solution would not make sense at all.
7. The provision of standardized 5G ultra-low delay and high bandwidth 3GPP streaming services would not take place. 

New evidence
About the performance of Ultra Low Latency CMAF, which is one of the candidate protocols considered by SA4 to replace RTP, Akamai reports the following [5]:  
“It is possible in the lab to use ULL-CMAF to produce glass-to-glass latencies in the 600ms range. These are excellent for impressing friends and CEOs, however they become increasingly fragile with scale and with geographic dispersion (higher round trip times between encoder, origin, edge server and clients). If distribution is happening over the open internet (especially over a last mile mobile network where rapid throughput fluctuations are the norm), current proofs-of-concept show more sustainable Quality of Experience (QoE) with a glass-to-glass latency in the 3s range, of which 1.5s-2s resides in the player buffer. Current encoder implementations tend to favor one video frame per chunk, but there is no objective data yet to indicate whether this is optimum from a robustness or quality perspective.”.
These results about glass-to-glass latency are essentially also confirmed by [6].
And more from [10] “A study involving 23 million video viewing sessions sponsored by CDN operator Akamai found that viewers start abandoning videos in significant numbers with any delay in startup time that goes beyond two seconds. For every second of delay beyond two seconds, the study found that six percent of the audience will stop watching, which means a video with a five-second delay will lose a quarter of its audience.”

On the other hand, RTP (and WebRTC) have been the protocols at the basis of the latest awards at the 2019 NAB Show for “Product of the Year Award” and “The Best of Show Award” [7].
Alternative transport protocols?
In light of restructuring the protocol suite for 5G streaming, SA4 may also consider looking at other existing protocols. For example:
1. Quic [8], used for example by YouTube on Chrome browsers [10].
2. SRT. It is a UDP-based protocol with retransmission and FEC [9].
3. WebRTC.

Proposal
Nokia’s position remains that of keeping RTP/RTSP as protocols for the 5GMS3 new streaming architecture. There are sufficient motivations for not doing otherwise.
[bookmark: _GoBack]In case a protocol restructuring is really desired by the SA4, a serious protocol comparison shall be done, keeping in mind the motivations in section 2, and considering also the possible alternatives as described in section 4. Nokia proposes that RTP shall not be removed before an equivalent low delay protocol (with similar performance) for ultra low delay streaming is found, carefully analyzed, and tailored for 3GPP usage.
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