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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

This TR documents typical media traffic characteristics (including bandwidth and latency requirements) that are of importance for 3GPP standardization work. This includes demands based on current services, but also expectations for new services or emerging services, taking into account developments in the industry in terms of efficiency improvements. 
1
Scope

The present document includes following information:
· Media centric Third-Party and Operator services currently deployed or expected to be deployed until 2025 on 3GPP networks, in particular over 5G based. 

· Typical deployment characteristics today, such as bandwidth requirements, client buffered and rate adaptation reception characteristics, codecs, protocols in use and latency requirements.

· An overview on technological developments for existing and emerging services and their impact on typical traffic characteristics of media services, e.g. evolution of compression technologies, new demands for high quality, new experiences, etc.

· A summary on typical characteristics and requirements for different media services on 3GPP networks.

· An identification of the applicability of existing 5QIs for such services and potentially identify requirements for new 5QIs or QoS related parameters.

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 26.234: "Transparent end-to-end Packet-switched Streaming Service (PSS); Protocols and codecs".
[3]
3GPP TS 26.247: "Transparent end-to-end Packet-switched Streaming Service (PSS); Progressive Download and Dynamic Adaptive Streaming over HTTP (3GP-DASH)".
[4]
3GPP TS 26.346: "Multimedia Broadcast/Multicast Service (MBMS); Protocols and codecs ".
[5]
3GPP TS 26.116: "Television (TV) over 3GPP services; Video profiles".
[6]
3GPP TS 26.118: "3GPP Virtual reality profiles for streaming applications".
[7]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction".
[8]
3GPP TS 26.223: "Telepresence using the IP Multimedia Subsystem (IMS); Media handling and interaction ".
[9]
ITU-R BT.1872-1 (12-2017) : " User requirements for broadcast auxiliary services including digital TVOB, ENG/SNG and EFP ".
[10]

3GPP TS 23.501: "System Architecture for the 5G System ".

[11]
3GPP TS 26.238: "Uplink streaming".
[12]
ST 2110-10:2017 - SMPTE Standard - Professional Media Over Managed IP Networks: System Timing and Definitions
[13]
Video Services Forum (VSF) Technical Recommendation TR-05, Essential Formats
and

Descriptions
for
Interoperability
of
SMPTE
ST
2110-20
Video
Signals
[14]
Recommendation ITU-T H.264 (04/2017): "Advanced video coding for generic audiovisual services" | ISO/IEC 14496-10:2014: "Information technology – Coding of audio-visual objects – Part 10: Advanced Video Coding".
[15]
Recommendation ITU-T H.265 (12/2016): "High efficiency video coding" | ISO/IEC 23008-2:2015: "High Efficiency Coding and Media Delivery in Heterogeneous Environments – Part 2: High Efficiency Video Coding".
[16]
3GPP TR 26.949: "Video formats for 3GPP services".
…

[x]
<doctype> <#>[ ([up to and including]{yyyy[-mm]|V<a[.b[.c]]>}[onwards])]: "<Title>".


3
Definitions, symbols and abbreviations


3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].

Definition format (Normal)

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Symbol format (EW)

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

Abbreviation format (EW)

A/V
Audio/Visual

TV
Television

PSS
Packet Switched Streaming
<ACRONYM>
<Explanation>

4
Media centric Third-Party and Operator services

4.1
A/V Streaming – Enhanced TV
Live and on-demand audiovisual streaming according to 3GPP PSS [2], 3GP-DASH [3], MBMS [4] and the media profiles in TS 26.116 [5].
4.2
VR 360° Streaming
Live and on-demand VR 360° streaming according to 3GPP PSS [2], 3GP-DASH [3], MBMS [4] and the media profiles in TS 26.118 [6].

4.3
Conversational Multimedia Telephony and Telepresence
Conversational Multimedia Telephony and Telepresence according to MTSI [7] and IMS Telepresence [8].

4.4
Live uplink A/V streaming
Professional and consumer live uplink streaming contribution of A/V content according to FLUS [11].

5
Typical current deployment characteristics
5.1
Typical streaming/broadcast video and audio bitrates
These figures are valid for both HDR/non-HDR video:
· 720p HD : 2 – 5 Mbps
NOTE: today typically 3 Mbps for HEVC and 5Mbps for AVC, but bitrate reductions expected with better encoding and coding tools.

· Full HD : 3 – 12 Mbps

NOTE: today typically 5-7 Mbps for HEVC and 10-12 Mbps for AVC, but bitrate reductions expected with better encoding and coding tools.

· 4k UHD : 5– 25Mbps

NOTE: today typically 8-16 Mbps for HEVC and 15-25 Mbps for AVC, but bitrate reductions expected with better encoding and coding tools.

· 8k UHD : 20 – 80 Mbps

NOTE: Today typically up to 80 Mbps for HEVC, but bitrate reductions expected with better encoding and coding tools.

NOTE: on 8k UHD : currently not specified in 3GPP TS 26.116. Bitrate figures are based on limited available deployment data.
These figures apply for audio:

· Normal quality audio: mono/stereo: 24-48 kbps

· High quality audio: mono/stereo/immersive 24-512 kbps

· Extreme quality audio: mono/stereo/immersive 512 kbps
5.2
Typical streaming/broadcast 360° video bitrates
· Basic 360 VR: 2.5 – 25 Mbps
NOTE: For viewport agnostic, the 4k UHD numbers apply. For viewport dependent, the bitrates likely can be reduced to half.

· HD 360 VR: 10 – 80 Mbps
NOTE: For viewport agnostic, the 8k UHD numbers apply. For viewport dependent, the bitrates likely can be reduced to half.

· Retinal VR: 15 – 150 Mbps
NOTE: For viewport agnostic, the 8k UHD numbers multiplied by 4 apply. For viewport dependent, the bitrates likely can be reduced to half or even on third.

Note on framerates : cinema content is usually captured and distributed at 24 fps. TV content is usually captured and distributed at 50 or 60 fps depending on the region. The above video bitrates include frame rates of up to 60fps.

Note on bitrate ranges: the bitrates are dependent on codec (e.g. AVC/H.264 or HEVC/H.265), on content type and whether it is live or on-demand. Bitrates are expected to be reduced with expected encoder implementation enhancements and new codecs. In the past, that reduction has been observed to be in the order of 50% every 10 years.

5.3
Typical conversational speech/audio and video bitrates

The following bitrates are typical in commercial services according to clause 4.3.
· Narrowband voice (mono): 7.2-13.2 kbps
· Wideband voice (mono): 7.2-24.4 kbps
· Super-wideband voice (mono): 9.6-24.4 kbps
· Fullband voice (mono): 16.4-[TBD] kbps

NOTE: unlike NB, WB and SWB which all are audio bandwidths used in commercial networks, no FB usage has yet been seen for commercial conversational services.

· VGA video: 300 – 900 kbps

· 720p HD video: 800 – 1500 kbps
· Telepresence video 1080p : 1500 – 3000 kbps
5.4
Typical uplink A/V streaming of A/V, including 360 VR content
5.4.1
Professional production content bitrates

The following table lists common content formats from professional cameras that are output in uncompressed form over the SDI interface, and their corresponding bit rates:

NOTE 1: The formal standard references are listed in the table but for general information and summary see https://www.optcore.net/introduction-to-sdi/ and https://en.wikipedia.org/wiki/Serial_digital_interface.

NOTE 2: The ongoing SA1 Study Item on FS_AVPROD also contains requirements for such use cases.

NOTE 3: The SDI rates given below are for wired connections within professional production environments. 



	Standard
	Name
	Bitrates
	Example video formats

	SMPTE 259M [TBD]
	SD-SDI
	270 Mbit/s, 360 Mbit/s, 143 Mbit/s, and 177 Mbit/s
	480i, 576i

	SMPTE 344M [TBD]
	ED-SDI
	540 Mbit/s
	480p, 576p

	SMPTE 292M [TBD]
	HD-SDI
	1.485 Gbit/s, and 1.485/1.001 Gbit/s
	720p, 1080i

	SMPTE 372M [TBD]
	Dual Link HD-SDI
	2.970 Gbit/s, and 2.970/1.001 Gbit/s
	1080p60

	SMPTE 424M [TBD]
	3G-SDI
	2.970 Gbit/s, and 2.970/1.001 Gbit/s
	1080p60

	SMPTE ST-2081 [TBD]
	6G-SDI
	6 Gbit/s
	2160p30

	SMPTE ST-2082 [TBD]
	12G-SDI
	12 Gbit/s
	2160p60

	SMPTE ST-2083 [TBD]
	24G-SDI
	24 Gbit/s
	2160p/4k@120,8k@60


SMPTE ST 2110 [12] can support transport of compressed or uncompressed streams from cameras with the resolutions above. According to [13], in case of uncompressed streams, the video rates for YCbCr 4:2:2 10b format can be derived as follows.
	Format
	Corresponding ST 2110 Video uncompressed bitrate (YCbCr 4:2:2 10b) [12] in Gbps

	480p30, 576p25
	0.221

	720p50/60
	0.982 / 1.178

	1080p50/60
	2.210 / 2.650

	2160p50/60
	8.842 / 10.600

	2160p100 (4K) 
	17.684

	4320p50/60/100 (8K)
	36.103 / 43.280 / 72.206


ST 2110 Video uncompressed streams bitrates
	
	

	

	

	
	

	
	

	
	

	
	

	
	


Audio uncompressed channels come in addition, but their bitrates are some magnitude smaller than uncompressed video.

Light compression can also be used for such production environments using for example VC-2 (ST 2042-1:2017 - SMPTE Standard - VC-2 Video Compression) which is typically used with a coding ratio of 4:1 and MJ2 - Motion JPEG 2000 (ISO/IEC IS 15444-3 | ITU-T T.802) which is typically used with a coding ratio of 6:1.
Compression is used for portable cameras equipped with wireless (Wireless LAN and 4G LTE) modules. One example of a commercial camera can be found at https://pro.sony/s3/cms-static-content/uploadfile/97/1237493944697.pdf. The bitrates are 9, 6, 3, 2Mbps for up to 720p@60fps and 9, 6, 3 Mbps for 1080@30fps with AVC/H.264.
5.4.2
Live uplink contribution professional content bitrates

Contribution feeds as seen in real deployed systems:

· 80 Mbits 422 10 bits for HD @60fps    

· 165  Mbits 422 10 bits for UHD (4K, AVC/H.264) @60fps
· 120  Mbits 422 10 bits for UHD (4K, HEVC/H.265) @60fps

· Normal quality 360 VR: [TBD 96 Mbps]

· High quality 360 VR: [TBD 140 Mbps]

NOTE: the above video profiles include frame rates of up to 60fps.
· Normal quality audio: [TBD 96 kbps per channel]
· High quality audio : [TBD 96 kbps per channel]
· Extreme quality audio: [TBD 768-1152 kbps per channel]
NOTE on live uplink professional content bitrates: the figures indicated above are from ITU-R BT.1872-1 (12-2017): “User requirements for broadcast auxiliary services including digital television outside broadcast, electronic/satellite news gathering and electronic field production”. These figures need to be further reviewed by SA4.
5.4.3
User generated content
· 720p HD : 3 – 10 Mbps

NOTE: Today typically 5-10 Mbps for AVC depending on frame rate and dynamic range, but bitrate reductions expected with better encoding and coding tools.

· Full HD : 5 – 15 Mbps

NOTE: Today typically 8-15 Mbps for AVC, but bitrate reductions expected with better encoding and coding tools.

· 4k UHD : 10 – 85 Mbps

NOTE: Today typically 8-16 Mbps for HEVC and 15-25 Mbps for AVC, but bitrate reductions expected with better encoding and coding tools. 

· 8k UHD : 20 – 150 Mbps

NOTE: No information is available today, but the numbers are extrapolated from 4K by multiplying with a factor 4.
· Basic 360 VR: the numbers for 4k UHD apply
· HD 360 VR:  the numbers for 8k UHD apply
· Retinal VR: this is roughly 16k as expected, so a factor 4 to 8k UHD is applicable, i.e. 40-300 Mbps
· Normal quality audio: 24.4kbps/channel
NOTE: Super-wideband 3GPP audio codecs may be used
· High quality audio: 128kbps/channel 
NOTE on user generated content: the video bitrate ranges are wide as user generated content may have different quality expectations including semi-professional content.
6
Overview on technological developments for existing and emerging services

6.1
Technology Developments

6.1.1
Overview


This clause collects developments in the industry on compression advances, content formats, protocol improvements and other advances that may impact the traffic characteristics documented in clause 4.
6.1.2
Compression Improvements





Due to the increasing consumption of video content with higher resolutions, the need for more efficient video compression techniques is growing. The first version of the High Efficiency Video Coding (HEVC) standard [X], jointly developed by the ITU-T VCEG and the ISO MPEG, was finalized in 2013. A wide range of products and services support HEVC for video encoding/decoding, especially for Ultra High Definition (UHD) content, where HEVC can provide around 50% bitrate savings for the same subjective quality as its predecessor H.264/AVC [X]. 
Both codecs are defined as part of the TV Video Profiles in TS26.116 [5] and are also the foundation of the VR Video Profiles in TS26.118 [6].

Work on video compression technologies beyond the capabilities of HEVC are continued by the MPEG/ITU, with the creation of the Joint Video Exploration Team (JVET) on future video coding in October 2015. Many new coding tools have been proposed in the context of JVET, which eventually led to a Call for Proposals on video coding technologies with video compression capabilities beyond HEVC. The reference software used in the exploration phase of JVET, called Joint Exploration Model (JEM), was leveraged as the base for the majority of responses to the call. Results included responses demonstrating compression efficiency gains of around 40% or more with respect to HEVC [15]. This initiated the work by the Joint Video Experts Team (JVET) on the development of a new video coding standard, to be known as Versatile Video Coding (VVC). 
Figure X shows the typical improvements of video compression rates over time as well as the target for the VVC standard. It is also observed that compression technologies have enabled the reduction of bitrates by 50% in a time frame of 7-10 years. Most of the gains come by the increase of encoding and decoding complexity, spurred according to Moore's law.
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Figure 1 Video bitrate efficiency improvements and target for the final VVC standard
Editor’s NOTE: the above figure requires authorization from its author before approval and publication
Also noteworthy is the improvement of encoders over time even for existing standards which also leads to bitrate reductions at the same quality.
Based on this information it can be expected that within the time frame until 2025, video compression technology permit bitrate reductions by a factor of 50% compared to what is today possible with HEVC.

However, not to forget according to Jevons Paradox, "The efficiency with which a resource is used tends to increase (rather than decrease) the rate of consumption of that resource." This may well mean that the compression efficiency gains spur even more traffic.
6.1.3
New Media Formats

New media formats in media generation and distribution are developed on a continuous basis, taking into account improvements in capturing and display systems. TR 26.949 [16] collects TV distribution formats as they were considered in the time frame of 2015 to 2017. The parameters are summarized in clause 5.4 of this document in terms of

· Spatial Resolution

· Frame Rates

· Colorimetry

· Other parameters

The latest versions, referred to as UHD-1 Phase 2 is summarized according to TR26.949, clause 5.4.8

-
UHD-1 phase 2 exclusively operates with HEVC and bit depth of 10 bit.
-
only square pixel resolutions and only progressive scan are supported

-
Only BT.2100 [33] non-constant luminance YCbCr is supported

-
High Dynamic Range is added either through the PQ10 or the HLG10 system, relying on HEVC Main-10 Level 5.1

-
Optional SEI metadata may be provided in the bitstream using HEVC specified SEI messages

-
Addition of High Frame Rate (HFR), i.e. addition of 100, 120 000/1 001 and 120 Hz

-
HFR can be supported by two means:

-
Single PID HFR bitstream

-
Dual PID and temporal scalability when the bitstream is intended to be decodable by UHD phase 1 receivers at half frame rate

-
For HFR on HEVC Main-10 Level 5.2 is required

-
support for Next Generation Audio (NGA) to enable immersive and personalized audio content

The TV Video Profiles in TS26.116 [5] address coded representations of the UHD-1 phase 2 signals to the most extent. Table X provides an overview of the TV relevant formats considered in the context of 3GPP TV Video Profiles.

Table X: TV over 3GPP services Video Profile Operation Points (TS 26.116 [5])
	Operation Point name
	Resolution format
	Picture aspect ratio
	Scan
	Max. frame rate
	Chroma format
	Chroma sub-sampling
	Bit depth
	Colour space format
	Transfer

Characteristics

	H.264/AVC 720p HD
	1280 × 720
	16:9
	Progressive
	30
	Y'CbCr
	4:2:0
	8
	BT.709
	BT.709

	H.265/HEVC 720p HD
	1280 × 720
	16:9
	Progressive
	30
	Y'CbCr
	4:2:0
	8
	BT.709 
	BT.709

	H.264/AVC Full HD
	1920 × 1080
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	8
	BT.709
	BT.709

	H.265/HEVC Full HD


	1920 × 1080
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	8; 10
	BT.709; BT.2020
	BT.709; BT.2020 

	H.265/HEVC UHD
	3840 × 2160
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	10
	BT.2020
	BT.2020

	H.265/HEVC Full HD HDR
	1920 x 1080
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	10
	BT.2020 
	BT.2100 PQ

	H.265/HEVC UHD HDR
	3840 x 2160
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	10
	BT.2020 
	BT.2100 PQ

	H.265/HEVC Full HD HDR HLG
	1920 x 1080
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	10
	BT.2020
	BT.2100 HLG

	H.265/HEVC UHD HDR HLG
	3840 x 2160
	16:9
	Progressive
	60
	Y'CbCr
	4:2:0
	10
	BT.2020 
	BT.2100  HLG


Editor’s NOTE: Virtual reality (ITU-T signals), 8K, Other formats TBA


6.1.4
Protocol Improvements
Editor’s NOTE:

What is there today? HTTP/1.1 and TCP

What will come? HTTP/2.0, QUIC, others

6.1.5
Impact on Media Services

Editor’s NOTE: Describes how these developments impact media services
7
Characteristics and requirements for different media services on 3GPP networks
7.1
Introduction
7.2
Collection process for requirements for different media services on 3GPP networks
Use cases are collected in the context of this TR. The use cases come with an analysis of certain characteristics. For this purpose a template is provided below. 

	Media Service Description

	Name: [e.g. StreamOn]

Date of submission: [e.g. 18th October 2018]

Source: [e.g. DT]

Description: [Free text giving high level description of the service]

	Categorization

	Type: [e.g. Third Party, Operator, Combination of both, Other]
Status: [e.g. planned, PoC, trialed, commercialy deployed]
Category: [e.g. Download, Live streaming, On-demand streaming, Interactive, Conversational]

	Used Technologies

	Codecs: [e.g. AAC, HE-AAC, HEVC/H.265, AVC/H.264 with Profiles and levels used]
Media types and formats: [e.g. 4K video, HDR video, stereo or 5.1 audio]
Media protocols and containers: [e.g. DASH, HLS, CMAF, ISOBMFF, MP4, MPEG2 TS, RTP]

Transport protocols: [e.g. FLUTE, UDP, TCP, QUIC, HTTP 1.1, HTTP 2.0]
Clients: [e.g. iOS or android application, browser, set top boxes, TV set]

Others: [e.g. DRM, interactivity framework, QoE and analytics, QoS handling]

	Deployment Statistics

	[e.g. number of clients, traffic volumes]

	Traffic Characteristics

	Bitrate Characteristics:  [typical target bitrates, minimum required bitrate, maximum necessary bitrate,]

Other KPIs [end-to-end latency, tune-in times, etc.]

Potential mapping to 5QIs (5G QoS Identifier – See TS 23.501 Clause 5.7.4 and Table 5.7.4-1 copied below): 

[which 5QIs among 1, 2, 3, 4, 6, 7, 8, 9, 80, e.g. 6, “video buffered streaming and TCP based”]



	References

	[list of public documentation in support of the present description e.g. a URL, a scientific publication, an industry or standards organization specification]

	Any additional information

	


Table 5.7.4-1: Standardized 5QI to QoS characteristics mapping

	5QI

Value
	Resource Type
	Default Priority Level
	Packet Delay Budget
	Packet Error

Rate 
	Default Maximum Data Burst Volume

(NOTE 2)
	Default

Averaging Window
	Example Services

	1

	
GBR
	20
	100 ms
	10-2
	N/A
	2000 ms
	Conversational Voice

	2

	(NOTE 1)
	40
	150 ms
	10-3
	N/A
	2000 ms
	Conversational Video (Live Streaming)

	3
	
	30
	50 ms
	10-3
	N/A
	2000 ms
	Real Time Gaming, V2X messages

Electricity distribution – medium voltage, Process automation - monitoring

	4

	
	50
	300 ms
	10-6
	N/A
	2000 ms
	Non-Conversational Video (Buffered Streaming)

	65
	
	7
	75 ms
	
10-2
	N/A
	2000 ms
	Mission Critical user plane Push To Talk voice (e.g., MCPTT)

	66

	
	
20
	100 ms
	
10-2
	N/A
	2000 ms
	Non-Mission-Critical user plane Push To Talk voice

	67

	
	15
	100 ms
	10-3
	N/A
	2000 ms
	Mission Critical Video user plane

	75
	
	25
	50 ms
	10-2
	N/A
	2000 ms
	V2X messages

	5
	Non-GBR
	10
	100 ms
	10-6
	N/A
	N/A
	IMS Signalling

	6
	(NOTE 1)
	
60
	
300 ms
	
10-6
	N/A
	N/A
	Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive video, etc.)

	7
	
	
70
	
100 ms
	
10-3
	N/A
	N/A
	Voice,
Video (Live Streaming)
Interactive Gaming

	8
	
	
80
	


300 ms
	


10-6
	


N/A
	


N/A
	
Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive

	9
	
	90
	
	
	
	
	video, etc.)

	69
	
	5
	60 ms
	10-6
	N/A
	N/A
	Mission Critical delay sensitive signalling (e.g., MC-PTT signalling)

	70
	
	55
	200 ms
	10-6
	N/A
	N/A
	Mission Critical Data (e.g. example services are the same as QCI 6/8/9)

	79
	
	65
	50 ms
	10-2
	N/A
	N/A
	V2X messages

	80
	
	68
	10 ms


	10-6
	N/A
	N/A
	Low Latency eMBB applications Augmented Reality

	82
	Delay Critical GBR
	19
	10 ms
(NOTE 4)
	10-4
	255 bytes
	2000 ms
	Discrete Automation (see TS 22.261 [2])

	83
	
	22
	10 ms
(NOTE 4)
	10-4
	1358 bytes
(NOTE 3)
	2000 ms
	Discrete Automation (see TS 22.261 [2])

	84
	
	24
	30 ms

(NOTE 6)
	10-5
	1354 bytes
	2000 ms
	Intelligent transport systems (see TS 22.261 [2])

	85
	
	21
	5 ms
(NOTE 5)
	10-5
	255 bytes
	2000 ms
	Electricity Distribution- high voltage (see TS 22.261 [2])

	NOTE 1:
A packet which is delayed more than PDB is not counted as lost, thus not included in the PER.

NOTE 2:
It is required that default MDBV is supported by a PLMN supporting the related 5QIs.

NOTE 3:
This MDBV value is set to 1354 bytes to avoid IP fragmentation for the IPv6 based, IPSec protected GTP tunnel to the 5G-AN node (the value is calculated as in Annex C of TS 23.060 [56] and further reduced by 4 bytes to allow for the usage of a GTP-U extension header).

NOTE 4:
A delay of 1 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.

NOTE 5:
A delay of 2 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.

NOTE 6:
A delay of 5 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.


NOTE 1:
For Standardized 5QI to QoS characteristics mapping, the table will be extended/updated to support service requirements for 5G, e.g. ultralow latency service.

NOTE 2:
It is preferred that a value less than 64 is allocated for any new standardised 5QI of non-GBR Resource Type. This is to allow for option 1 to be used as described in clause 5.7.1.3 (as the QFI is limited to less than 64).

7.3
Summary of Responses for Streaming Services

7.3.1
Introduction

This clause provides a summary of the information that was collected for streaming services. The current information is based on responses from:

· Comcast VIPER

· AWS Media Services

· Hulu

· Bitmovin

· Mediathek

The services address live and On-demand streaming services.

Editor's Note: More feedback is still expected
7.3.2
Used Technologies

7.3.2.1
Codecs
The pre-dominant video codec for the services is still H.264/AVC. H.265/HEVC is also in deployments. Non-MPEG video codecs such as VP9 or AV1 are in use or expected to be in use, but much less prominent than MPEG codecs according to the reponses.

The pre-dominant audio codec is AAC, with some variants. Also AC-3 is used quite often to support beyond stereo experiences. No other audio codec was mentioned.

Editor’s note: [Original responses – propose to remove for final version
· H264 (main and high), AAC, Dolby AC-3

· AVC/AAC for live, AVC or HEVC with AAC for on-demand

· H264 High 4.2, H.265 Main 10 5.1, AAC 2 channel, EC-3 6 channel

· AVC, HEVC, VP8, VP9, AV1, AAC, (E-)AC3

· H.264, H.265, LC-AAC]
7.3.2.2
Media types and formats
Most of the services run HD video. Experiments with UHD and HDR are ongoing. Different HDR formats (i.e. HDR10, Dolby Vision, HLG) are in use.

For audio, stereo is deployed and 5.1 is also broadly used. Some initial experiments are done with multichannel audio, NGA (Next Generation Audio).
Editor’s note: [Responses – propose to remove for final version
· HD, UHD, stereo, multichannel.

· Can be up to UHD/HDR for on-demand, HD SDR for live. Audio is only stereo for the moment

· Video: Up to UHD with HDR (HDR10, Dolby Vision), Audio: 2.0 and 5.1

· SD, HD, UHD, HDR, stereo, multi-channel

· HD, stereo (Planned: multichannel, NGA HLG-HDR)]
7.3.2.3
Media protocols and containers
All services deploy DASH and HLS. On HLS, the MPEG-2 TS still is maintained. For DASH, exclusively ISO BMFF based distribution is used but a convergence towards a common segment format based on CMAF for DASH and HLS is expected.

Other formats such as RTMP or RTP are maintained to some extent for legacy reasons.
Editor’s note: [Responses – propose to remove for final version
· DASH, HLS, MPEG-2 TS

· DASH, HLS, CMAF, ISO Base Media File Format, MP4, MPEG-2 TS

· DASH, HLS, CMAF, ISO Base Media File Format, MPEG-2 TS

· DASH, HLS, CMAF, ISO Base Media File Format, MP4, MPEG-2 TS, WebM, RTP

· DASH, HLS, ISO Base Media File Format, MP4, RTMP, CMAF planned, not yet deployed]
7.3.2.4
Transport protocols
HTTP/1.1 with TCP/IP is used almost exclusively. Some initial tests are ongoing on HTTP/2.0 and HTTP/3 (also known as HTTP over QUIC). No received response indicates the use of multicast protocols.
Editor’s note: [Responses – propose to remove for final version
· HTTP/1.1, TCP/IP

· HTTP/1.1, TCP/IP

· HTTP/1.1, TCP/IP

· HTTP/1.1, HTTP/2.0, TCP/IP

· HTTP/1.1, HTTP/2.0, QUIC, WebRTC under test, not likely to be deployed due to GDPR]
7.3.2.5
Clients
All services provide client application running on iOS and Android for Browser-based playback as well as applications or native integration into set-top boxes, HDMI sticks (i.e. Apple TV, Fire TV, Chromecast, Tizen) and TV Sets. Game consoles are also targeted.
Editor’s note: [Responses – propose to remove for final version
· iOS app, Android app, Browser, set-top box, TV Set, others

· iOS app, Android app, Browser, set-top box, TV Set, game consoles

· iOS app, Android app, Browser, set-top box, TV Set, game consoles

· iOS app, Android app, Browser, set-top box, TV Set, game consoles, others

· iOS app, Android app, Browser, set-top box, TV Set, others

· Apple TV, Fire TV, Chromecast, Tizen]
7.3.2.6
Other Technologies

Other mentioned deployed technologies are: 

· DRM (Widevine, PlayReady, Fairplay) based on common encryption
· Analytics collection and QoE Measurement

· Dynamic Ad Insertion

· Watermarking
Editor’s note: [Responses – propose to remove for final version

· Standardized integration with DRM service providers through the SPEKE API (based on CPIX)

· DRM (Widevine, PlayReady, Fairplay), dynamic ad insertion, interactive ad creatives, in-house and third party QoE measurement

· DRM, Watermarking, Analytics - QoE/QoS, Ads (VAST, VPAID, SSAI, CSAI)]
7.3.3
Traffic Characteristics

7.3.3.1
Bitrate Characteristics
Editor’s note: needs more investigation
Average streaming bitrate 

· STBs: 4-6Mbps

· Mobile applications and browsers: less than 4-6Mbps

· 4K content: 10-15Mbps

Average segment durations

· 6 seconds
Editor’s note: [Responses – propose to remove for final version
· Average streaming bitrate to settops is around 4-6 Mbps. For the mobile apps and browsers it is a bit less. 4K content is around 10-15 Mbps. Average segment duration is about 6 seconds.

· N/A

· some broadcasters internally]
7.3.3.2
Other KPIs 
Editor’s note: [Responses – propose to remove for final version

· video start time, video playback failure, rebuffering ratio, connection induced rebuffering, minimum/average bitrates, abr adaptation frequency]
7.3.3.3
Potential mapping to 5QIs
Commonly targeted 5QI values are 6 and 8. Others are considered interesting for specific services.
Editor’s note: [Responses – propose to remove for final version
· 6, 8

· 4, 6

· 4, 6, 7, 8

· 2, 4, 6, 7, 8, 9

· 4, 6, 8]
8
Applicability of existing 5Qis
8.1
QoS Model 

8.1.1
Overview
Clause 5.7 of TS 23.501 [10] explains the QoS Model for 5G. The 5G QoS model is based on QoS Flows. The 5G QoS model supports both QoS Flows that require guaranteed flow bit rate (GBR QoS Flows) and QoS Flows that do not require guaranteed flow bit rate (Non-GBR QoS Flows). The 5G QoS model also supports Reflective QoS (see clause 5.7.5 of TS 23.501 [10]).

A QoS Flow ID (QFI) is used to identify a QoS Flow in the 5G System. User Plane traffic assigned to the same QoS Flow within a PDU Session receives the same traffic forwarding treatment (e.g. scheduling, admission threshold). 

The QFI may be dynamically assigned or may be equal to the 5QI, for more details on existing 5QI see clause 8.1.2.

A QoS Flow may either be 'GBR', 'Non-GBR' or “Delay Tolerant GBR” depending on its QoS profile and it contains QoS parameters as follows:

For each QoS Flow, the QoS profile includes the QoS parameters:

-
5G QoS Identifier (5QI); and

-
Allocation and Retention Priority (ARP).

-
For each Non-GBR QoS Flow only, the QoS profile can also include the QoS parameter:

-
Reflective QoS Attribute (RQA).

-
For each GBR QoS Flow only, the QoS profile also include the QoS parameters:

-
Guaranteed Flow Bit Rate (GFBR) - UL and DL; and

-
Maximum Flow Bit Rate (MFBR) - UL and DL; and

-
In the case of a GBR QoS Flow only, the QoS profile can also include one or more of the QoS parameters:

-
Notification control;
-
Maximum Packet Loss Rate - UL and DL
The usage of a dynamically assigned 5QI for a QoS Flow requires in addition the signalling of the complete 5G QoS characteristics (described in clause 5.7.3 of TS 23.501 [10]) as part of the QoS profile.

The principle for classification and marking of User Plane traffic and mapping of QoS Flows to Access Network (AN) resources is illustrated in Figure X.X-1.
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Figure X.X-1: The principle for classification and User Plane marking for QoS Flows and mapping to AN Resources
8.1.2
5G QoS Parameters 
A 5QI is a scalar that is used as a reference to 5G QoS characteristics defined in clause 5.7.4 of TS 23.501 [10], i.e. access node-specific parameters that control QoS forwarding treatment for the QoS Flow (e.g. scheduling weights, admission thresholds, queue management thresholds, link layer protocol configuration, etc.).

Standardized 5QI values have one-to-one mapping to a standardized combination of 5G QoS characteristics as specified in Table 5.7.4-1 of TS 23.501 [10] and shown below in Table X.X-1.
A summary of the most relevant QoS Parameters is provided as follows. For details, please refer to TS 23.501 [10], clause 5.7.2:

· Guaranteed Flow Bit Rate (GFBR) - UL and DL, for GBR QoS Flows only: denotes the bit rate that is guaranteed to be provided by the network to the QoS Flow over the Averaging Time Window

· Maximum Flow Bit Rate (MFBR) -- UL and DL, for GBR QoS Flows only limits the bit rate to the highest bit rate that is expected by the QoS Flow (e.g. excess traffic may get discarded or delayed by a rate shaping or policing function)

· The Maximum Packet Loss Rate (UL, DL) indicates the maximum rate for lost packets of the QoS flow that can be tolerated in the uplink and downlink direction, if the flow is compliant to the GFBR and is only used for voice media traffic in rel.16.
8.1.3
5G QoS Characteristics

In addition to 5G QoS parameters, also 5G QoS characteristics are defined in TS 23.501 [10]. The characteristics describe the packet forwarding treatment that a QoS Flow receives edge-to-edge between the UE and the UPF in terms of the following performance characteristics:

1 Resource Type (GBR, Delay critical GBR or Non-GBR): determines if dedicated network resources related to a QoS Flow-level Guaranteed Flow Bit Rate (GFBR) value are permanently allocated (e.g. by an admission control function in a radio base station)

2 Priority level; indicates a priority in scheduling resources among QoS Flows

3 Packet Delay Budget; defines an upper bound for the time that a packet may be delayed between the UE and the UPF that terminates the N6 interface. In uncongested scenarios, 98 percent of the packets are expected to be within the packet delay budget. 

4 Packet Error Rate: The Packet Error Rate (PER) defines an upper bound for the rate of PDUs (e.g. IP packets) that have been processed by the sender of a link layer protocol (e.g. RLC in RAN of a 3GPP access) but that are not successfully delivered by the corresponding receiver to the upper layer (e.g. PDCP in RAN of a 3GPP access).

5 Averaging window (for GBR and Delay-critical GBR resource type only); The Averaging window represents the duration over which the GFBR and MFBR are calculated

6 Maximum Data Burst Volume (for Delay-critical GBR resource type only): denotes the largest amount of data that the 5G-AN is required to serve within a period of 5G-AN PDB.
Standardized or pre-configured 5G QoS characteristics, are indicated through the 5QI value. Signalled 5G QoS characteristics are provided as part of the QoS profile and include all of the characteristics listed above.

8.1.4
Standardized 5QI to QoS characteristics mapping
The one-to-one mapping of standardized 5QI values to 5G QoS characteristics is specified in table 5.7.4-1 if TS 23.501 [10] and shown below in Table X.X-1.

Table X.X-1: Standardized 5QI to QoS characteristics mapping (identical to Table 5.7.4.1-1 in TS 23.501 [10])
	5QI

Value
	Resource Type
	Default Priority Level
	Packet Delay Budget
	Packet Error

Rate 
	Default Maximum Data Burst Volume

(NOTE 2)
	Default

Averaging Window
	Example Services

	1

	
GBR
	20
	100 ms
	10-2
	N/A
	2000 ms
	Conversational Voice

	2

	(NOTE 1)
	40
	150 ms
	10-3
	N/A
	2000 ms
	Conversational Video (Live Streaming)

	3
	
	30
	50 ms
	10-3
	N/A
	2000 ms
	Real Time Gaming, V2X messages

Electricity distribution – medium voltage, Process automation - monitoring

	4

	
	50
	300 ms
	10-6
	N/A
	2000 ms
	Non-Conversational Video (Buffered Streaming)

	65
	
	7
	75 ms
	
10-2
	N/A
	2000 ms
	Mission Critical user plane Push To Talk voice (e.g., MCPTT)

	66

	
	
20
	100 ms
	
10-2
	N/A
	2000 ms
	Non-Mission-Critical user plane Push To Talk voice

	67

	
	15
	100 ms
	10-3
	N/A
	2000 ms
	Mission Critical Video user plane

	75
	
	25
	50 ms
	10-2
	N/A
	2000 ms
	V2X messages

	5
	Non-GBR
	10
	100 ms
	10-6
	N/A
	N/A
	IMS Signalling

	6
	(NOTE 1)
	
60
	
300 ms
	
10-6
	N/A
	N/A
	Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive video, etc.)

	7
	
	
70
	
100 ms
	
10-3
	N/A
	N/A
	Voice,
Video (Live Streaming)
Interactive Gaming

	8
	
	
80
	


300 ms
	


10-6
	


N/A
	


N/A
	Video (Buffered Streaming)
TCP-based (e.g., www, e-mail, chat, ftp, p2p file sharing, progressive

	9
	
	90
	
	
	
	
	video, etc.)

	69
	
	5
	60 ms
	10-6
	N/A
	N/A
	Mission Critical delay sensitive signalling (e.g., MC-PTT signalling)

	70
	
	55
	200 ms
	10-6
	N/A
	N/A
	Mission Critical Data (e.g. example services are the same as QCI 6/8/9)

	79
	
	65
	50 ms
	10-2
	N/A
	N/A
	V2X messages

	80
	
	68
	10 ms


	10-6
	N/A
	N/A
	Low Latency eMBB applications Augmented Reality

	82
	Delay Critical GBR
	19
	10 ms
(NOTE 4)
	10-4
	255 bytes
	2000 ms
	Discrete Automation (see TS 22.261 [2])

	83
	
	22
	10 ms
(NOTE 4)
	10-4
	1358 bytes
(NOTE 3)
	2000 ms
	Discrete Automation (see TS 22.261 [2])

	84
	
	24
	30 ms

(NOTE 6)
	10-5
	1354 bytes
	2000 ms
	Intelligent transport systems (see TS 22.261 [2])

	85
	
	21
	5 ms
(NOTE 5)
	10-5
	255 bytes
	2000 ms
	Electricity Distribution- high voltage (see TS 22.261 [2])

	NOTE 1:
A packet which is delayed more than PDB is not counted as lost, thus not included in the PER.

NOTE 2:
It is required that default MDBV is supported by a PLMN supporting the related 5QIs.

NOTE 3:
This MDBV value is set to 1354 bytes to avoid IP fragmentation for the IPv6 based, IPSec protected GTP tunnel to the 5G-AN node (the value is calculated as in Annex C of TS 23.060 [56] and further reduced by 4 bytes to allow for the usage of a GTP-U extension header).

NOTE 4:
A delay of 1 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.

NOTE 5:
A delay of 2 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.

NOTE 6:
A delay of 5 ms for the delay between a UPF terminating N6 and a 5G-AN should be subtracted from a given PDB to derive the packet delay budget that applies to the radio interface.


8.1.5
Considerations for Media Services

8.1.5.1
General

For media traffic considered in this report, it is appropriate to understand, how they map to QoS parameters and characteristics, including the mapping to the 5QIs as indicated above.

8.1.5.2
Expected TCP/IP Performance for non-GBR 
[

Maximum achievable throughput for a single TCP connection is determined by different factors. One trivial limitation is the maximum bandwidth of the slowest link in the path. But there are also other, less obvious limits for TCP throughput. Packet loss can create a limitation for the connection as well as can the roundtrip time of acknowledgements.
The TCP Receive Window is the amount of data that a receiver can accept without acknowledging the sender. If the sender has not received acknowledgement for the first packet it sent, it will stop and wait and if this wait exceeds a certain limit, it may even retransmit. This is how TCP achieves reliable data transmission. Even if there is no packet loss in the network, this windowing limits throughput. Because TCP transmits data up to the window size before waiting for the acknowledgements, the full bandwidth of the network may not always get used. At any given time, the window advertised by the receive side of TCP corresponds to the amount of free receive memory it has allocated for this connection.
When packet loss occurs in the network, an additional limit is imposed on the connection. In the case of light to moderate packet loss when the TCP rate is limited by the congestion avoidance algorithm.

The Mathis equation is a formula that approximates the actual impact of loss on the maximum throughput rate:
Max Rate in bps < (MSS/RTT)*(1 / sqrt(p))

where

MSS = maximum segment size in bytes

RTT = round trip time in seconds

p = the probability of packet loss
NOTE: The formula is known as the Mathis equation, from a 1997 paper titled The Macroscopic Behavior of the TCP Congestion Avoidance Algorithm http://www.psc.edu/networking/papers/model_ccr97.ps

While this equation obviously has limits in the details, it provides an excellent estimate on the estimated TCP throughput. Figure 1 shows the estimated TCP Throughput over One Way Latency for different packet loss rates and MSS 1500 bytes based on this equation, assuming that the RTT is twice the one way latency.
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Figure 1 Estimated TCP Throughput over One Way Latency for different packet loss rates and MSS 1500 bytes

Based on this equation, the estimated TCP throughput for some relevant streaming related Non-GBR 5QIs as documented in Table X.X-1 are as follows:

· 5QI = 7 with Latency=100ms and Packet loss rate 10e-3 results in estimated TCP Throughput of 237 kbit/s
· 5QI = 8 and 9 with Latency=300ms and Packet loss rate 10e-6 results in estimated TCP Throughput of 2.5 Mbit/s

· 5QI = 7 with Latency=10ms and Packet loss rate 10e-6 results in estimated TCP Throughput of 75 Mbit/s

The equation shows that typically TCP based streaming traffic is more susceptible to loss rates than to delay. It is also important that packet loss rates and latencies are not guaranteed and may therefore result in lower or higher throughput, for example in case of congestion or cell handoff. Hence, media services using these 5QI assignments preferably apply protocols that enable to adapt to these bitrates and changes. 
]
8.1.5.3
Bitrate considerations for GBR services

If the service would be able to benefit from GBR QoS, then the GFBR and MFBR are relevant. A suitable characterization for a media service is the required minimum bitrate that it needs in order to maintain a good service quality. At the same time, a service is well characterized up to which bitrate it would still provide noticeable quality improvements. Such information may be static or may even change over time, depending on the complexity of the service.  
8.1.5.4
Relevant Parameters for Media Services

Based on this discussion, it is proposed that for Media services that use TCP-based distribution systems and permit rate adaptation (such as adaptive streaming services), the following information is worthwhile to be provided:

· The typical bitrate at which the service preferable operates, possibly providing a range of the bitrate. It should also be mentioned if such information is static over the service or would change, and if such information may be configurable.

· If there exists a minimum bitrate that the service should not fall below to maintain a sufficient quality. If this exists, a range would be preferable. It should also be mentioned if such information is static over the service or would change, and if such information may be configurable.

· If there exists a maximum bitrate that the service beyond which the services does not created additional quality. If this exists, a range would be preferable. It should also be mentioned if such information is static over the service or would change, and if such information may be configurable.

9
Conclusions
X
Examples for Styles

The main text of the document should start here, after the above clauses have been added.

The following styles and editing techniques are aimed to help in the formatting of the document using the 3GPP Template: 3GPP_70.dot, available from the 3GPP FTP site (ftp://ftp.3gpp.org/Information).

4.1
Heading Styles

Heading styles are included in the 3GPP TR Template and are used as follows:

Do not use any built-in automatic numbering for 3GPP documents. Although this is sometimes useful in the early drafting stages of a document, once the document has been placed under change control, the clause numbering needs to be fixed in order to keep cross-reference consistency as the 3GPP specification set develops.

Heading 1:
Used for Main clauses (1, 2, 3, etc.). Also used for Annex clauses (A.1, A.2, etc.).

Heading 2:
Used for Main clauses (4.1, 4.2, 5.1, 5.2, etc.). Also used for Annex clauses (A.1.1, A.1.2, etc.).

Heading 3:
Used for 2nd level clauses (4.1.1, 4.1.2, 5.1.1, 5.1.2, etc.). Also used for Annex clauses (A.2.1.1, A.2.1.2, etc.).

Heading 4 & 5:
Used for 3rd and 4th level clauses and Annex clauses.

Heading 6 & 7:
Not used, instead use style "H6" so that the title appears in the document, but does not appear in the Table of Contents.

Heading 8:
Used for Main Annex titles in Specifications (3GPP TS) (e.g. Annex A (normative): ).

Heading 9:
Used for Main Annex titles in Reports (3GPP TR) (e.g. Annex A: ).

4.2
Other common styles

Normal:
Used for main document text.

NO:
Used for Notes in the text (Allows Tab and Indent). See example below.

NW:
Same as NO, but Without line space after. Used when there are many notes in sequence.

NOTE 1:
This is an example of a note formatted in style NW. The style is designed to allow space for note numbering and line wrap with a hanging indent. There is no line space after.

NOTE 2:
This is an example of a note formatted in style NO. The style is designed to allow space for note numbering and line wrap with a hanging indent. There is a line space after.

Bullet styles:
The following bullet styles are provided.

B1:
Bullet level 1 for main bullet points.

B2:
Bullet level 2 for sub bullets.

B3-B5:
for further sub bullets.

NOTE:
Bullets are usually formatted manually, using a hyphen ( - ) or alphanumeric identifiers: a), b), or 1), 2) etc. followed by a tab character. Automatic bullet features should not be used as they may be lost if template styles are re-applied later.

Table styles:
TAH, TAL, TAC, TAR, TAN, for TAble Headers, Left justified, Centred, Right justified and Notes in tables: Style TH is used for the Table Heading (title or caption). See example below.

Table 1: Example of Table styles

	Col 1 Header (TAH)
	Col 2 Header (TAH)
	Col 3 Header (TAH)

	Left Justified (TAL)
	Centred (TAC)
	Right Justified (TAR)

	NOTE:
A special style is provided for notes within a table (TAN).


Figure Styles:
Figures and graphics are formatted with style "TH" which keeps the figure with the following paragraph, usually the figure title. Figure titles (captions) are formatted with style "TF". See example below.
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Ensure the graphic is not set to "float over  text" as this is not visible in Normal View.  


Figure 1: Example figure layout. To remove "float over text" select the graphic and "Format Object ..." - De‑select "float over text" in the Position Tab

"TSG <Name>" on the front page

The following text are used for the Technical Specification Group "<Name>" on the front Page:

	TSG
	Full Name

	TSG CT
	Core Network and Terminals

	TSG GERAN
	GSM/EDGE Radio Access Network

	TSG RAN
	Radio Access Network

	TSG SA
	Services and System Aspects


Page setup parameters

This clause defines the margin parameters and the header to be used.

Title page (= title section)

A4 portrait, Top: 4 cm, Bottom: 19 cm, Left: 1,5 cm, Right: 1,5 cm, Gutter: 0 cm, Header: 0 cm, Footer: 0 cm.

Portrait sections

A4 portrait, Top: 2.5 cm, Bottom: 2 cm, Left: 2 cm, Right: 2 cm, Gutter: 0 cm, Header: 1,5 cm, Footer: 0,6 cm.

Landscape sections

A4 landscape, Top: 2 cm, Bottom: 2 cm, Left: 2 cm, Right: 2,5 cm, Gutter: 0 cm, Header: 1,5 cm, Footer: 0,6 cm.

Headers and footers

Header

The following contains the master location for all headers (except for the title section). These paragraphs contain framed fields which will result in one header line and are bookmarked "header".

The left entry contains a possible additional document reference, e.g. "Release 1999", identified on the title page by the use of the ZGSM character style.

Release 16


The centre entry is the page number.

25

The right entry repeats the title page information, identified by the use of the ZA paragraph style.

3GPP TR 26.925 V0.1.0 (2018-11)

NOTE:
For documents which are split into more than one file, the possible additional document reference and the title page information need to be hardcoded in all files except the one containing the title section.

Footer

The footer contains always "3GPP" (except for the title page).

3GPP

Pro-forma copyright release text block

(e.g. for PICS and PIXIT Pro-forma)

This text box shall immediately follow after the heading of an element (i.e. clause or annex) containing a proforma or template which is intended to be copied by the user. Such an element shall always start on a new page.

Notwithstanding the provisions of the copyright clause related to the text of the present document, the 3GPP Organizational Partners grant that users of the present document may freely reproduce the <proformatype> proforma in this {clause|annex} so that it can be used for its intended purposes and may further publish the completed <proformatype>.

Abstract Test Suite (ATS) text block

This text should be used for ATS using TTCN. The subdivision is recommended.

This ATS has been produced using the Tree and Tabular Combined Notation (TTCN) according to ISO/IEC 9646‑3 [<x>].

The ATS was developed on a separate TTCN software tool and therefore the TTCN tables are not completely referenced in the table of contents. The ATS itself contains a test suite overview part which provides additional information and references.

<x1>
The TTCN Graphical form (TTCN.GR)

The TTCN.GR representation of this ATS is contained in an Adobe Portable Document Format™ file (<pdf_file_name>.PDF contained in archive <zip_file_name>.ZIP) which accompanies the present document.

<x2>
The TTCN Machine Processable form (TTCN.MP)

The TTCN.MP representation corresponding to this ATS is contained in an ASCII file (<mp_file_name>.MP contained in archive <zip_file_name>.ZIP) which accompanies the present document.

Annex <A>:
<Annex title>

Annexes are only to be used where appropriate:

Annexes are labelled A, B, C, etc. and are "informative" (3GPP TRs are informative documents by nature).

A.1
Heading levels in an annex

Heading levels within an annex are used as in the main document, but for Heading level selection, the "A.", "B.", etc. are ignored. e.g. A.1.2 is formatted using Heading 2 style.

Bibliography

The Bibliography is optional. If it exists, it shall follow the last annex in the document.

The following material, though not specifically referenced in the body of the present document (or not publicly available), gives supporting information.

Bibliography format

-
<Publication>: "<Title>".

OR

<Publication>: "<Title>".

Annex <X>:
Change history

This is the last annex for TRs which details the change history using the following table.
This table can be used for recording progress during the WG drafting process till TSG approval of this TR.
For TRs under change control, use one line per approved Change Request

Date: use format YYYY-MM

TSG # : use format RAN#55

CR: four digits, leading zeros as necessary

Rev: blank, or number (max two digits)

Cat: use one of the letters A, B, C, D, F

Subject/Comment: for TRs under change control, include full text of the subject field of the Change Request cover

New vers: use format n[n].n[n].n[n]

	Change history

	Date
	Meeting
	TDoc
	CR
	Rev
	Cat
	Subject/Comment
	New version

	15/10/2018
	SA4#100
	
	
	
	
	Initial draft
	0.0.1

	22/11/2018
	SA4#101
	S4-181294
	
	
	
	Second editor’s draft
	0.0.2

	22/11/2018
	SA4#101
	S4-181266
	
	
	
	5QIs
	0.1.0

	22/11/2018
	SA4#101
	S4-181268
	
	
	
	Technology Developments
	0.1.0

	22/11/2018
	SA4#101
	S4-181295
	
	
	
	On fullband voice services
	0.1.0

	22/11/2018
	SA4#101
	S4-181387
	
	
	
	On A/V Production services
	0.1.0

	22/11/2018
	SA4#101
	S4-181415
	
	
	
	Updates to Media Service Template
	0.1.0

	30/01/2019
	SA4#102
	n/a
	
	
	
	Editorial fixes
	0.2.0

	30/01/2019
	SA4#102
	S4-190137
	
	
	
	Professional production content bitrates
	0.2.0

	30/01/2019
	SA4#102
	S4-190048

	
	
	
	pCR on Typical traffic characteristics of Live uplink production professional content bitrates
	0.2.0

	30/01/2019
	SA4#102
	S4-190066
	
	
	
	FS_TyTraC: Technology Developments
	0.2.0

	30/01/2019
	SA4#102
	S4-190189
	
	
	
	pCR 26.925 on Information Collection (with online edits)
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Change history of this template:

	2001-07
	Copyright date changed to 2001; space character added before TTC in copyright notification; space character before first reference deleted.
	1.3.3

	2002-01
	Copyright date changed to 2002.
	1.3.4

	2002-07
	Extra Releases added to title area.
	1.3.5

	2002-12
	“TM” added to 3GPP logo
	1.3.6

	2003-02
	Copyright date changed to 2003.
	1.3.7

	2003-12
	Copyright date changed to 2004. Chinese OP changed from CWTS to CCSA
	14.0

	2004-04
	North American OP changed from T1 to ATIS
	1.5.0

	2005-11
	Stock text of clause 3 includes reference to 21.905. 
	1.6.0

	2005-11
	Caters for new TSG structure. Minor corrections.
	1.6.1
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	Revision marks removed.
	1.6.2

	2008-11
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 © date changed to 2010;
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	1.8.1

	2010-07
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	1.8.2

	2011-04-01
	Guidance of use of logos on cover page modified; copyright year modified.
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3. Modified Copyright year
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