
Network Adaptation Test Points 


Initial Test Points for the Network Adaptation Feature in 3GPP Release 6 and updates in Release 7 
August 22, 2008
Version 1.6
Revision History


	Revision
	Author
	Date
	Description

	0.1
	T. Zeng (PVNS)
	Feb 5, 2005
	Draft

	0.2
	T. Zeng (PVNS)
	Feb 22, 2005
	Adding test points to check adaptation signaling syntax

	0.3
	T. Zeng (PVNS)
	Feb 23, 2005
	Updates according to comments so far

	0.4
	T. Zeng (PVNS)
	Feb 28, 2005
	Updates based on Gamze’s comments.

Updates also based on 3GPP2 input.

	1.0
	T. Zeng (PVNS)
	March 28, 2005
	1. Added optional test points where the server will switch unilaterally.

2. Added specifications on the multi-track content.

	1.1
	T. Zeng (PVNS)
	April 4, 2005
	Updates based on review comments:

1. Added 3 more content files

2. Combined simulated up and down switch tests

3. Explained the usage of Bandwidth based on Gamze’s comments

	1.2
	J. Gloaguen (Orange)
	June 11, 2006
	1. Added content files with 2 H.264 tracks

2. Added content files with 2 audio tracks and 3 video tracks

	1.3
	J. Gloaguen (Orange)
	June 26,2006
	1. Added content files with 1 audio track and 3 video tracks

	1.4
	J. Gloaguen (Orange)
	December 14,2006
	1. Removed content files with 2 audio track sand 3 video tracks

2. Added content files with 2 audio tracks

3. Added convention names

4. New end-to-end test points (from Lannion's meeting)

	1.5
	J. Gloaguen (Orange)
	December 19,2006
	Updates based on NXP comments:
1. "audio only contents" : add a note and change high bitrate to 48kbps

2. "3 video tracks content" : change the emulation channel bitrate

	1.6
	D. Jain

(Alcatel-Lucent)
	August 22, 2008
	Added test points according to the Rate Adaptation CR implemented in 3GPP TS 26.234 V7.5.0


Table of Contents

51
Introduction


52
Network Topology


63
Content Files For 3GPP Network Adaptation Tests


73.1
"Audio only" Contents


73.1.1
Content (A): 2x AMR


73.1.2
Content (B): 2x AAC


73.2
"Video only" Contents


73.2.1
Content (C): 2x H263


83.2.2
Content (D): 2x MPEG4


83.2.3
Content (E): 2x H.264


83.3
"2 Video tracks and 1 audio track" Contents


83.3.1
Content (F): 2x H263 + 1x AMR


93.3.2
Content (G): 2x MPEG4 + 1x AAC


93.3.3
Content (H): 2x H.264 + 1x AAC


93.4
"3 Video tracks and 1 audio track" Contents


93.4.1
Content (I): 3x H263 + 1x AMR


103.4.2
Content (J): 3x MPEG4 + 1x AAC


103.4.3
Content (K): 3x H.264 + 1x AAC


104
3GPP Network Adaptation Test Points


114.1
Adaptation-signaling Syntax Tests


124.2
Server-simulated Switch Test Points


124.3
End-to-end Test Points


134.3.1
Test case: Verify that the client reports buffer under-run correctly.


134.3.2
Test case: Re-buffer Test


144.3.3
Test case: Constant bandwidth


154.3.4
Test case: Rectangular bandwidth


154.3.5
Test case: Rebuffering only when 0 ms data


164.3.6
Test case: Begin initial playback after target time is fulfilled


164.3.7
Test case: Seek operation with no network emulation


164.
Open Issues:


165.
References


176.
Appendix: Network Adaptation Message Flow




1 Introduction

This document specifies Network Adaptation test points for 3GPP Release 6 interoperability testing in IMTC PSS Activity Group. This document also specifies test points according to the Rate Adaptation updates in 3GPP Release 7 V7.5.0.
2 Network Topology

Although not all tests require special network configurations, we propose to use a “network emulator” at the server side in order to test the end-to-end behaviors of the client and the server in response to bandwidth and delay variations.

The “network emulator” we favor is an open source project called “NistNet”: NIST Net network emulator. This is a general-purpose tool for emulating performance dynamics in IP networks. The tool is designed to allow controlled, reproducible experiments with network performance sensitive/adaptive applications and control protocols in a simple laboratory setting.

NistNet runs on any Linux box with 2.4 kernels. We have done testing using Nist Net on RedHat Linux 7.2, and a Dell P3 800MHz PC equipped with two Ethernet cards. Two Ethernet cards (e.g., eth0 and eth1) are necessary in order for Nist Net to emulate end-to-end IP packet delays, losses and other behaviors of the 3G wireless network.

Some of the useful Nist Net features related to wireless network emulation are:

1. Introducing fixed or random delays to certain traffic flows (e.g., delaying 10 seconds all UDP traffic from the server to any client)

2. Regulating throughput to a traffic flow (e.g., allocating 128 kbps to UDP traffic from a source address to a destination IP address).

3. Introducing packet losses to a traffic flow: one example is to drop 10% of the UDP packets, according to uniform distributions.

This tool is freely available at the NISTNET homepage.

The proposed topology for network adaptation testing is shown in the following diagram, in which there are also two sample Nist Net commands in order to explain the relatively simple interface that Nist Net has provided to its users. Note that the PSS Server is not required to be co-located with NistNet.
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3 Content Files For 3GPP Network Adaptation Tests

This chapter specifies the content file for network adaptation tests. 

In terms of source material, the group recognizes that common source material should be used whenever possible.  Such content must be free of copyright for use within the group.  

The Hollywood sequence, provided by Emblaze Systems, is currently used for generating the .3gp files for Network Adaptation tests.  This sequence is available on the FTP site in the following location:

/_Documentation/TestSequences/Hollywood_Tailor_Of _Panama_176x144.zip
/_Documentation/TestSequences/Hollywood_The_mexican_176x144.zip
All the encoded .3gp content files must conform to the following set of common rules:

1. Conforms to the Release 6 streaming server profile in the 3GPP file format specifications (TS 26244).

2. There is no media other than audio and video. That is, no timed text in the content.

3. The whole sequences should be encoded (2 minutes long)

4. Hint tracks are recommended
3.1 "Audio only" Contents

3.1.1 Content (A): 2x AMR

The video only content (a .3gp file) shall conform to the following additional specifications:

· It shall contain two audio tracks, AMR-NB, coded at 7.95 kbps and 12.2 kbps with sampling rate of 8 kHz.

· Name convention : amr-79-122_RateAdap_server.3gp
Note: To facilitate tests, it is recommended to use different content for each track ("Taylor of Panama" for the high bitrate and "The Mexican" for the low bitrate)

3.1.2 Content (B): 2x AAC

The video only content (a .3gp file) shall conform to the following additional specifications:

· It shall contain two audio tracks, AAC-LC, coded at 8kbps and 48 kbps with sampling rate of 16 kHz 

· Name convention : aac-8-16_RateAdap_server.3gp
Note: To facilitate tests, it is recommended to use different content for each track ("Taylor of Panama" for the high bitrate and "The Mexican" for the low bitrate)

3.2 "Video only" Contents

3.2.1 Content (C): 2x H263

The video only content (a .3gp file) shall conform to the following additional specifications:

· It shall contain two H263 level 45 tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps. 
· Both are coded  with the following common parameters: 

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second

· Name convention : noaudio_h263-40-100_RateAdap_server.3gp
3.2.2 Content (D): 2x MPEG4

The video only content (a .3gp file) shall conform to the following additional specifications:

· It shall contain two MPEG4 SP Level 0B tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps.
· Both are coded  with the following common parameters: 

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second

· Name convention : noaudio_mpeg4-40-100_RateAdap_server.3gp
3.2.3 Content (E): 2x H.264
The AV content (a .3gp file) shall conform to the following additional specifications:

· It shall contain two H.264 baseline Level 1b tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps.

· Both are coded  with the following common parameters:

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second

· Name convention : noaudio_h264-40-100_RateAdap_server.3gp
3.3 "2 Video tracks and 1 audio track" Contents
3.3.1 Content (F): 2x H263 + 1x AMR
The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio track, AMR, coded at 12.2 kbps with sampling rate of 8 kHz.

2. Its video portion shall contain two H263 level 45 tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps. Both are coded  with the following common parameters: 

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second
· Name convention : amr-122_263-40-100_RateAdap_server.3gp
3.3.2 Content (G): 2x MPEG4 + 1x AAC
The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio, AAC-LC, coded at 16 kbps with sampling rate of 16k Hz.

2. Its video portion shall contain two MPEG4 SP Level 0B tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps. Both are coded  with the following common parameters: 

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second

· Name convention : aac-16_mpeg4-40-100_RateAdap_server.3gp
3.3.3 Content (H): 2x H.264 + 1x AAC
The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio, AAC-LC, coded at 16 kbps with sampling rate of 16 kHz.

2. Its video portion shall contain two H.264 baseline Level 1b tracks: one high track using an average encoding rate of 100kbps, one low track using an average encoding rate of 40kbps, 1 fps. Both are coded with the following common parameters: 

a. I-frame interval = 4 seconds

b. Frame size = 176 x 144

c. High-track Frame rate = 10 frames per second

d. Low track frame rate = 1 frame per second

· Name convention : aac-16_h264-40-100_RateAdap_server.3gp
3.4 "3 Video tracks and 1 audio track" Contents
3.4.1 Content (I): 3x H263 + 1x AMR

The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio track, AMR, coded at 12.2 kbps with sampling rate of 8 kHz.

2. Its video portion shall contain three H263 level 20 tracks: 

a. first track using an average encoding rate of 120 kbps, 12 fps

b. second track using an average encoding rate of 80 kbps, 6 fps

c. third track using an average encoding rate of 40 kbps, 1 fps 

d. all are coded  with the following common parameters: 

· I-frame interval = 4 seconds

· Frame size = 176 x 144
· Name convention : amr-122_h263-40-80-120_RateAdap_server.3gp
3.4.2 Content (J): 3x MPEG4 + 1x AAC
The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio, AAC-LC, coded at 16 kbps with sampling rate of 16k Hz.

2. Its video portion shall contain three MPEG4 SP Level 0B tracks: 
a. first track using an average encoding rate of 120 kbps, 12 fps

b. second track using an average encoding rate of 80 kbps, 6 fps

c. third track using an average encoding rate of 40 kbps, 1 fps 
d. all are coded  with the following common parameters: 

· I-frame interval = 4 seconds

· Frame size = 176 x 144
· Name convention : aac-16_mpeg4-40-80-120_RateAdap_server.3gp
3.4.3 Content (K): 3x H.264 + 1x AAC
The AV content (a .3gp file) shall conform to the following additional specifications:

1. Its audio portion shall contain exactly one audio, AAC-LC, coded at 16 kbps with sampling rate of 16 kHz.

2. Its video portion shall contain three H.264 baseline Level 1B tracks: 

a. first track using an average encoding rate of 120 kbps, 12 fps

b. second track using an average encoding rate of 80 kbps, 6 fps

c. third track using an average encoding rate of 40 kbps, 1 fps 

d. all are coded  with the following common parameters: 

· I-frame interval = 4 seconds

· Frame size = 176 x 144D

· Name convention : aac-16_h264-40-80-120_RateAdap_server.3gp
4 3GPP Network Adaptation Test Points

We define two classes of test points for network adaptation: 

1. Signaling syntax test points, which concern the correct use of network adaptation parameters during a particular signaling exchange using RTSP, SDP or RTCP.  These signaling elements are defined differently in 3GPP and 3GPP2.  

2. End-to-end test points. By end-to-end we mean the entire streaming, not just a particular signaling exchange.

In general, it is difficult to define the pass/fail criteria for end-to-end Network Adaptation test cases, because the standards only specify the protocols and not the details of the adaptation behavior for the PSS Server. However, in some cases, it is possible to get specific on what constitutes a correct behavior, such as a correct NADU report in the case of known buffer under-run. For instance, in section 4.3, we use Nist Net to enforce a buffer under-run to the client, and define the test pass and fail criteria on the client’s compound RTCP report according to section 6.2.3.2 of 3GPP TS 26.234(reference [2]).

4.1 Adaptation-signaling Syntax Tests

This section describes the test points to verify that the syntax in RTSP messages, SDP text and RTCP NADU packets correctly follow the standards defined in 3GPP PSS Release 6 (reference [2]) and Release 7 (reference [5]).
1. Client to validate that the received SDP contains “a=3GPP-Adaptation-Support” line.

2. Server to validate that each SETUP request contains the “3GPP-Adaptation” header for the non-aggregate control, the parameters of which apply to the non-aggregate track only. 

3. Server to validate that the first PLAY request contains the optional “3GPP-Link-Char” header as defined in 5.3.2.1 of [2] for the aggregate session. Note that according to [2] the PSS client can send “3GPP-Link-Char” in either SETUP or PLAY requests, and for either non-aggregate media stream or the aggregate session. For simplicity, this test case assumes that the client agrees to do so in the first PLAY request and for the entire aggregate session, that is, this test case requires that the QoS parameter included in the “3GPP-Link-Char” header applies to the aggregate RTSP session. Note that for 3GPP2 (see [3]), this header is named “Mobile-Link-Char” and takes on different syntax.  

4. Server to validate that the PLAY request contains the “Bandwidth” header. Again, according to [2], the “Bandwidth” header is optional and can be sent with SETUP or PLAY requests. For simplicity, this test case assumes that the client agrees to do so in the first PLAY request. If 3GPP-Link-Char is present, the bandwidth should conform to the following rule: GBW<=Bandwidth<=MBW
5. Server to validate that the client sends NADU APP packet only after one or more of the corresponding RTP media packet has been received. This should be verified by checking that NSN in NADU matches the sequence number of the first corresponding RTP media packet sent by the server. Repeat these steps for the forward Seek operation.
6. Server to validate that the client except prior to receipt of RTP media packet, sends NADU APP packet in every 2nd RTCP packet for a specific media when SDP contains “a=3GPP-Adaptation-Support:2” line for that media.

7. Server to verify that the Free Buffer Space (FBS) reported in all NADU APP packets for a streaming session is less than or equal to the buffer space reported in the 3GPP-Adaptation header (size field).
8. Server to validate the playout delay reporting in NADU APP packet. Verify that playout delay is;
A) 0xFFFF during client’s initial buffering
B) non 0xFFFF when client is playing.
C) 0xFFFF during client rebuffering (buffer flush and refill) at the forward Seek operation.
Note that test number 5, and 8 corresponds to the updated rate adaptation specs in 3GPP PSS Release 7. Test number 7 is based upon the internal PSS discussion (after SuperOp in 2007) for rate adaptation among PSS-AG group members.

4.2  Server-simulated Switch Test Points

This section defines two optional test points that the server can provide to test track switching. In these tests, the track-switches are not triggered by the feedback from the player that indicates network variations. Rather, the server is put in special test mode where it generates track-switches asynchronously for the purpose of testing the player.

Two tests are specified: one to test switching from low track to high track, the other to test switching from high track to low track.

Note that the server companies are recommended to use special naming conventions to make clear in the URL that such a special test mode is supported. We recommend using  the following naming conventions:

     PREFIX_simulated_switch_xxxx_test.3gp

Where “PREFIX” is defined in section 8 of reference [4] and “xxxx” is one of the content files defined in chapter 3.

In this test, the server shall start with the low track, and then:

1. The server shall switch to the high track 10 seconds into the session.

2. At NPT=60 seconds, the server shall switch from low track to high track.

Because the high track and the low track differ in frame rate by a factor of 10, it is easy to spot the switch event by observing video frame rate.

Pass/Fail criteria:  no visual or audio artifacts after the switch. There should be no rebuffering on the player if the test is run over a wired network in the lab or during virtual testing. 

4.3 End-to-end Test Points

Assumptions:

1) Both PSS Server and PSS Client support 3GPP Release 6 Network Adaptation as defined in [2]. 

2) Extended RTCP Reports are not part of this test.

3) During RTSP signaling, the PSS server commands the client to report NADU APP packet with every RTCP RR compound packet. This is done using the media level SDP attribute, a=3GPP-Adaptation-Support, as shown by the excerpt of SDP example below:
          m=video 0 RTP/AVP 98

           a=3GPP-Adaptaion-Support:1

4) The pre-roll time in the client is less than 10 seconds. 

5) RTCP interval SHOULD be 1 second

4.3.1 Test case: Verify that the client reports buffer under-run correctly.

1. Test procedures:

1) Nist Net setup: set 10 seconds routing delay on all UDP traffic from the PSS Server to anywhere. The commands are: 

>cnistnet -a <server_ip>.udp --delay 10000

>cnistnet -u

2) RTSP exchange:  the first RTSP request (i.e., DESCRIBE request) from the client shall include “3GPP-Adapt” header.

2. Pass-Fail Criteria:

For the first 10 seconds at least, every RTCP compound packets must be decoded and logged by the tester in charge of the server. Then, by analyzing the log, we must verify the following:

            Verify the correctness of the RTCP RR report and the NADU APP packet.

   Specifically:

(NADU.NSN - the lower 16 bit of the RR’s highest RTP sequence number) = 1

or 

NADU.FBS ( [MaxBufferSize - AvgRTPPacketSize]

or

NADU.FBS ( BufferSize/X, where X is chosen by participants (e.g. X=4) [tz] This last equation seems to be loose.

   If the above is false, the test fails. Otherwise the test passes.

4.3.2 Test case: Re-buffer Test 

In this test case, we use a content coded at 40Kbps and 100Kbps, and the emulation channel set to 50Kbps in order to verify that the adaptation work without interruption to playback (i.e., re-buffering). 

By “re-buffering” we mean any interruption, after the initial buffering and pre-roll,  to the normal playback at the client, due to the underflow of the client’s decoding or de-jittering buffer. 

Note that in this test setup, there can only be one client in the test at a time, otherwise this test will not be accurate. This means care must be taken to coordinate the virtual testing of this test case, to ensure that one PSS server only tests with one PSS client at a time. In that regard, this test case is more appropriate during F2F.

First, we need to agree on content. Call it “rebuffer_test.3gp”. For instance, we can have a .3gp file that has one AAC audio track, and two MPEG4 VSP video tracks: one coded at 40Kbps, the other at 100Kbps.

3. Test procedures:

1) Nist Net setup: control out-bound UDP to have a limit of 50Kbps. The commands are: 

>cnistnet -a <server_ip>.udp --bandwidth 50000 >cnistnet -u

2) RTSP exchange:  the PLAY request from the client shall indicate that the initial available bandwidth is 128Kbps. This can be done via the “Bandwidth” header in the Play request, as shown by the example below:

PLAY rtsp://pssserver.com/rebuffer_test.3gp RTSP/1.0
CSeq: 4
Session: dfhyrio901k
User-Agent: TheStreamClient/1.1b2
Bandwidth: 128000

This way the server will start using the higher bandwidth video track. If adaptation works as expected, the server should at some point switch to the lower video track based on the compound RTCP reports from the client, thus preventing buffer under run at the client side.

4. Pass-Fail Criteria:

Since the rebuffering impacts will be implementation (client) dependent the test results will be subjective. Hence this test should be run two times: once with and once without rate adaptation enabled. At the end of the session, if the client observes less playback interruption with rate adaptation enabled than with rate adaptation turned off, then test passes. Otherwise, the test fails.

4.3.3 Test case: Constant bandwidth

This test was used during Lannion's meeting.

In this test case, the emulation channel set to 80Kbps for video contents and to 10kbps for audio only contents. RTSP Bandwidth header set to 160 kbps.

The server behavior should be:
1. it starts with the high bitrate track

2. after a few seconds, it switchs down to the best track 

3. after an undefined delay, it should try to switch up

4. after a few seconds, it switchs down again

5. end of clip (2 minutes)

Pass-Fail Criteria: Since the rebuffering impacts will be implementation (client) dependent the test results will be subjective. 

4.3.4 Test case: Rectangular bandwidth

This test was used during Lannion's meeting.

In this test case, the emulation channel set to:

1. video contents :

· 80kbps during one minute

· Then 160kbps during one minute

2. Audio only contents :

· 10kbps during one minute

· Then 60kbps during one minute

The server behavior should be:

1. it starts with the high bitrate track

6. after a few seconds, it switchs down to the best track 

7. after ~ one minute, it should switch up and stay on the high bitrate track until the end of clip (2 minutes)

Pass-Fail Criteria: Since the rebuffering impacts will be implementation (client) dependent the test results will be subjective.
4.3.5 Test case: Rebuffering only when 0 ms data
This is an optional test case (3GPP specs doesn’t mandate this behavior) to verify that the client begins rebuffering only when is has reached 0 ms buffered data (since it was found in 2007 SuperOp that some clients were rebuffering at a non-zero buffer threshold).
In this test, eumation channel is set in such a way that the allowed bandwidth is lower than the lowest encoded bitrate to trigger the rebuffering event.
The test streams the 2 track (100kbps and 40 kbps) video only content in 3.2.1.

In this test case, the emulation channel is set to 30 kbps.
The client behavior should be:

1. when the server switches to the best track, rebuffering is seen on the player.
To verify that the rebuffering occurs at 0 ms, the NADU APP packets should be looked at the server for amount of media data present in the client’s buffer. This is done using the next ADU numbers, the highest received sequence number, and the playout delay.
4.3.6 Test case: Begin initial playback after target time is fulfilled
This is an optional test case (3GPP specs doesn’t mandate this behavior) to verify that the client begins initial playback, only, when all media streams have reached or exceeded their target-time in buffered data and playout delay.
The test streams the 2 track (100kbps and 40 kbps) video only content in 3.2.1.

The verification steps at the server are:

1. Look for the first NADU APP packet that has non 0xFFFF value in playout delay. This ensures the client has come out of initial buffering and started playback.
2. For this NADU packet, measure the buffer duration. The buffer duration should be equal to or greater than the target-time.
4.3.7 Test case: Seek operation with no network emulation
In this test, it is verified that there is no switch made by the server when client issues seek under favorable network conditions i.e. without the network emulation. This test case is mainly to verify that the re-buffering (buffer flush and refill) event because of Seek operation doesn’t cause a track switch.
The server behavior should be:

1. it starts with the high bitrate track

2. when the client performs a forward seek after a few seconds, it stays on the same pre-seek bitrate track until the end of clip (2 minutes).

4. Open Issues:

The following issues remain to be discussed and resolved by the PSS-AG group:

1. We still need to clarify whether the only difference is the use of “Mobile-Link-Char” header vs “3GPP-Link-Char” header.
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6. Appendix: Network Adaptation Message Flow

Network adaptation Message Flow:
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200 OK with 3GPP-Adaptation-Support attribute in SDP


SETUP with 3GPP-Adaptation header


200 OK with 3GPP-Adaptation header


PLAY with aggregate 3GPP-Link-Char header


200 OK


RTP/RTCP over UDP


RTCP (RR, NADU, etc.)


SET_PARAMETER with 3GPP-Link-Char or 3GPP-Adaptation header for parameter update


RTP/RTCP over UDP


RTP/RTCP over UDP


Session Establishment


Server signals client that it supports 3GPP-Adaptation


Session Initialization


Streaming


Client informs server the intial radio link  parameters and bit-rate adaptation parameters.

Server uses information provided by 3GPP-Link-Char or Bandwidth (if available) header as initial value for transmission/content adaptation. How to do it is implementation specific.


Client sends RTCP RR and NADU to provide QoS feedback information.
Server uses the feedback information to do dynamic network adaptation. How to do it is implementation specific.


Client dynamically updates server the bit-rate adaptation parameters.
Server uses the updated information to do dynamic network adaptation.



