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Abstract
This document summarizes discussion during teleconference of AHG18 on Ultra-low latency and packet loss resilience that has taken place between the 40th and 41st  JVET meetings. 
AHG mandates
· Study JVET-AN2039 common test conditions and propose improvements as appropriate.
· Investigate creation of practical simulation software based on VTM, including network transmission aspects, including consideration of network functionality that can aid timely video-coding based error correction, and conduct performance evaluation.
· Identify potential requirements and feasibility of standard based technologies to support ultra-low delay requirements, including packet loss resilient decoding.
· Investigate packet loss resilient technologies beyond VVC supporting ultra-low delay coding for interactive and live broadcasting scenarios.
· Coordinate with AHG4 on investigating visual impact of data losses.
Meeting of 2025-12-17
The teleconference was conducted on December 17, 2025, at 17:00 UTC. In total 31 experts attended the discussion.
Agenda of the teleconference was as follows:
· ULL CTC software and excel template introduction according to JVET-AN2039 ULL CTC
· ULL CfE response software introduction 
· CfP discussion
ULL CTC software and excel template introduction according to JVET-AN2039 ULL CTC
The new excel template collecting results of ULL CTC simulations according JVET-AN2039 was presented (also uploaded with document JVET-AN2039). The excel template is collecting all the simulation results per all QP, Wi-Fi and 5G network connection, three different tries per each connection with 0, 0.5, and 1 second shift in packet trace file comparing to starting point specified in the document. 
The summary page looks as follows:
[image: ]
On the summary page contains overall and per-class results for BD-PSNR numbers in dB with respect to given QP (top table), BD-Rate numbers with respect to given latency (middle table), and clean channel (no latency restriction) BD-Rate numbers (bottom table) following requirements of JVET-AN2039. 
The yellow section on the righthand side enables a flexibility of summary results presenting. One can select the level of averaging between multiple tries and network connections whether to average between all 6 tries, averaged per Wi-Fi, and 5G separately, of select specific try (can be useful for debugging purposes). Second parameter allows to select specific QP to generate PSNR vs Latency table at given QP. Another selectable parameter specifies the latency numbers to generate BD-PSNR vs Rate table. 
It was noted that BD-Rate numbers for latency restricted case sometimes observed to be weird due to curves non-monotonicity, which cannot be guaranteed since network conditions between different rates and QP points cannot be perfectly aligned. That leads to non-ability to perform correct integration along y-axis required for BR-Rate. In contrast, BD-PSNR performs the integration along x-axis and non-monotonic behavior is not a problem, and obtained numbers keep the its physical meaning. 
Further the content of the document JVET-AO0047 was presented describing the software modifications on top of latest AHG18 software branch version allowing to perform the simulation according to JVET-AN2039 requirement. The software modifications are published as git branch at https://vcgit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware_VTM/-/tree/jvet-an2039. The presented document contains instructions on how to build, run, and perform the CTC simulation using python script provided with software. Additionally, another python script allowing to select the starting line in packet trace file according to target coded bitrate, and instructions on how to use it are also provided.
The following example illustrates how to run simulations for scalable encoder with network simulation enabled on 5G trace file with transmission priorities enabled in broadcast scenario with latency restriction set to 16 ms. The example also illustrates how to use pre-encoded clean bitstream using DebugBitstream option.
./bin/EncoderAppStatic -c ./cfg/multi-layer/two_layers.cfg --Level=6.2 \
--OlsModeIdc=2 --NumOutputLayerSets=2 --OlsOutputLayer1="1 0" \
-l0 -c ./cfg/encoder_lowdelay_vtm.cfg -l0 -c ./cfg/alternative-addon/reduced_runtime3.cfg \
-l0 -q 37 -l0 -i MarketPlace_960x540_60fps_10bit_420.yuv -l0 -wdt 960 -l0 -hgt 540 \
-l1 -c ./cfg/encoder_lowdelay_vtm.cfg -l1 -c ./cfg/alternative-addon/reduced_runtime3.cfg \
-l1 -q 22 -l1 -i MarketPlace_1920x1080_60fps_10bit_420.yuv -l1 -wdt 1920 -l1 -hgt 1080 \
-f 600 -fr 60 -b bitstream.bin \
--IntraPeriod=64 --DecodingRefreshType=1 -v 7 --InputBitDepth=10 --OutputBitDepth=10 \
--LatencyRestriction=16 --UseFeedback=0 \
--PacketTracePath=cfg/5g_simulation_trace/049Mbps_Office30m_bw16MHz_IF2video_10udp.csv \
--PacketTraceStartLine=149462 \
-l0 --TrafficIDPrefixAps=0 -l0 --TrafficID=1 \
-l1 --TrafficIDPrefixAps=7 -l1 --PacketLifeTimePrefixAps=16 \
-l1 --TrafficID=7 -l1 --PacketLifeTime=16 \
[bookmark: _Hlk216833640]--DebugBitstream=/SVTM-SPATIAL/dQP15/IP1SEC/QP22/bin/MarketPlace_1920x1080_60fps_10bit_420.bin \
--PocMsbCycleFlag=1 --PocMsbCycleLen=2
The cross-checking of the results and implementation review will be further required.
During the discussion a question about running time in the test results was raised, why the scalable overhead is so high. It was clarified that amount of freezes is pretty high and for substantial number of frames of anchor test the reconstruction process was not invoked due to early skip caused by pre-condition checks, like absence of reference frames etc. So, direct comparison of running times is not that valid. Clean channel performance comparison is more valid in terms of running time comparison (currently presented results were obtained on non-homogeneous environment and supposed to be updated after re-simulations), however in clean channel simulation error concealment procedures and are not involved. It was further commented that the method of complexity assessment of error resilience techniques needs to be further elaborated.
Answering the question about transmission priority configuration the further clarification was given using the example for 2-layers scalable coding. The most important bitstream part such as APS was sent with highest priority 0, rest bitstream on layer 0 has priority 1, which is slightly below the APS, and all the bitstream of layer 1 was transmitted with lowest priority 7.
The comment was given that simple average freeze ratio may not be reflecting enough concerning user perception, for example skipping every second frame is not the same as skipping all the frames after half of the sequence. The proponent agreed with the comment mentioning the freeze ration could rather be considered as first indication of a problem. Zero frame freeze indicates that at least there is no problem for playback smoothness at least. Comparing non-zero freeze numbers of two proposals would require some more sophisticated model.
Another participant asked a question whether some lost aware filter was applied to VTM simulation, and the answer was no.
Another participant raised a question concerning application scenarios and use cases. It was clarified that typical scenario under consideration is interactive video application requiring low latency between the user input and video down-streamed back, such as remote control, virtual cloud infrastructure, cloud gaming where system reaction time directly influences user experience.
[bookmark: _Hlk217084502]ULL CfE response software introduction 
The contribution JVET-AO0048 describing the software used in contribution JVET-AN0080 “AHG18: CfE response in additional functionality on ultra-low latency and packet loss resilience” was presented. The software is available as jvet-an0080 branch in AhG18 repository: https://vcgit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware_VTM/-/tree/jvet-an0080.
Similarly, to above document, the main software modifications, build and run instructions are provided in the document. Document was not uploaded yet by the moment of the presentation and will be uploaded later once full simulations will be completed.
ULL CfP discussion
The proposed CfP language for ultra-low latency scenario submitted in the document JVET-AN0204 with some amendment on to was discussed, and presented below marked by gray color, yellow marked text shows the relevant comments from meeting notes
Test cases related to ultra-low latency and packet loss resilience
The subset of categories listed in section 2 are considered as test cases. Namely:
· Gaming LB HD
· SDR LB HD
· SDR RA UHD/4k coded in LDB configuration
Submitters are strongly encouraged (but not required) to submit results for all test cases. However, submitters are required to provide results for all sequences in a given test case.
Test cases
Two main scenarios are considered for evaluation.
· Unicast scenario. Feedback channel is available with feedback time is 40ms. The encoder is allowed to adjust the reference picture list based on the feedback. Gaming LB HD, and SDR LB HD are tested in this scenario.
· Broadcast scenario. No feedback channel except maybe for statistics; feedback channel delay in the seconds range. Gaming LB HD, SDR LB HD, and SDR RA UHD/4k coded in LDB configuration are tested in this scenario.
· Clean channel performance verification. To verify BD-rate overhead of assessed methods the clean channel performance should be reported.
During the unicast and broadcast test the reconstruction quality is evaluated against different latency restrictions, e.g.: 16, 24, 32 and 50ms.
In the clean channel performance verification test the bitrate should match anchor’s bitrate with +/- 5% of tolerance interval. Once per sequence QP adjustment is allowed to satisfy bitrate matching condition.
[bookmark: _Ref208874092]Test conditions
· Low delay B (./cfg/encoder_lowdelay_vtm.cfg config of VTM) 
· QP 22 mandatory and , 27, 32, 37 are evaluated optionally, and QP 42, 47 optionally as well
Comment: Generally, it appears useful for visual testing not going into the higher QP range where larger compression errors occur, as the goal is to judge the benefit of an error resilience/concealment method.
During the AHG telco, it was commented that, rather than defining QP/rate points, in the context of a CfP the average network capacity provided by the network simulator might be defined in addition to the buffer latency. For this, the network settings defined in the CTC for the different QP points might be used. Depending on the error robustness of a proposed method, it might be be left to proponents how close they would set the coded bitrate to the rate of network throughput, at the risk of getting more errors. Also, additional VTM encodings could be included, e.g. to avoid too frequent occurrence of frame freezing by sending with lower rate. It was further commented that it would indeed be useful to see the effect of proposed methods at different bitrates.
· Coding condition: reduced runtime 3, as specified in ./cfg/alternative-addon/reduced_runtime3.cfg of AHG18 simulation software
· Network bandwidth point as specified in Table X (to be taken from CTC/CfE document)
· Reconstruction quality is evaluated against four latency restrictions: 16, 24, 32 and 50ms
The first IDR picture is bypassed through network model without loss and delay to have key SPS/PPS information delivered, and allow to have at least first picture decoded.
Network channel model
Network channel model emulates the transmission and obtains packet losses and delays based on pre-recorded packet trace from NS-3 network simulator. The trace files are available in AHG18 simulation software and contribution JVET-AN0079.
For every sequence and bitrate, the corresponding bandwidth point is specified to approximately match the network channel capacity to the average bitrate of the coded sequence. The bandwidth point consists of packet trace file and start-line are specified, same way as for example in JVET-AN0079.
Reconstruction performance is evaluated in different last mile connection types:
· Wi-Fi connection. The Wi-Fi connection emulating office or home usage scenario 
· 5G connection. The 5G connection emulating office or home usage scenario
Reconstruction performance is evaluated in regular channel model and channel model with transmission priorities (however, for regular channel it is expected to be difficult to provide smooth no-freeze playback).
· [bookmark: _Ref209730855]Regular transmission model. Packets of every frame are transmitted one-by-one (without any priority mechanism) and retransmitted during their lifetime. Packet lifetime is a common mechanism used in Wi-Fi and 5G to control retransmission logic. The sending buffer of the router keeps each specific packet in the buffer until lifetime is over. During this time router keeps retransmitting the packet in case of transmission fail. The packet lifetime is set equal to default value of 512 ms (as in Wi-Fi and 5G).
· [bookmark: _Ref209741797]Transmission priority model. Modern transmission protocols have various priority mechanisms (JVET-AM0188, JVET-AM0201). Such mechanisms may be very useful for ULL video transmission scenarios. An approximated transmission priority model is used. The model operates by traffic ID (from 0 to 7) which may correspond to different layers, NAL unit types, data partitions, or any other categories depending on information importance. The packet lifetime can be configured per traffic ID manner to reduce a risk of channel overloading by least important information.
Anchors
· Single layer VTM. Regular VTM with regular LDB configuration is used.
Additional VTM encoding configurations, e.g., using scalable coding, GDR, lower rates of single layer coding (potentially using resampling/RPR) might also be included to allow assessment of proposals using similar strategies.
Investigation is suggested about potential different encoding configuration and different QP and channel capacity setting affecting the results.
It was further suggested to continue study on appropriate objective metrics better serving the perceptive quality evaluation especially in presence of frame freeze.
Reported Metrics
One metric that may optionally be reported is PSNR. Reports using other metrics to demonstrate the benefit are welcome.
Proposals on other metrics suitable for error resilient decoding are highly encouraged.
Software
The simulation software of AGH18 located at: https://vcgit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware_VTM is used for latency constrained transmission emulation and anchors generation.
Evaluation methodology
For subjective evaluation:
· One possible method used during CfE evaluation is MOS scores,
· Another possible method is DCR test where the uncorrupted decoded video is compared against the concealed version and measure impairment;
· another possible methodology might be to make an A/B comparison.
Unicast and broadcast scenario are preferred to be tested in separate sessions.
Related comments:
One participant reports that he found it difficult to decide whether frame freeze at good quality or a smoothed reconstruction was better. It might be useful not testing unicast and broadcast (scalability) scenario in the same session.
It was suggested that a better methodology might be to make an A/B comparison. 
Another option might be to run a DCR test where the uncorrupted decoded video is compared against the concealed version and measure impairment.
During the AHG telco, it was however commented that the latter option might be inappropriate in the context of a CfP, as different proposals might not be compared against their own reference, so they would not be comparable against each other.
Overfitting prevention
To avoid test overfitting the startlines of each bandwidth points are randomly shifted in 0 to 1 second range. One test is randomly selected either from Wi-Fi or 5G network connection type. (alternatively, 2 tests one from each network type). The random shift and network connection type are to be announced XX weeks before Coding Materials Submission deadline, or even after submission, at least for broadcast it is technically possible.
Comment: In a possible CfP, it would be relevant that the exact pattern of errors would not be known by the time of submission.
In the case of unicast scenario, this would however mean that also the encoder would need to be run again based on feedback received over the channel, such that the submitted bitstream could not be used. In the broadcast scenario, error patterns could just be used to modify the submitted uncorrupted bitstream, and the decoder be run again.

A discussion was started from a sort of general question whether adapting the QP to the channel condition can help to avoid transmission problems. A methods like upsampling based coding can help to not close to channel capacity too much. We may further provide some freedom to a proponent to adjust the encoding configuration for the testing, select best strategy to adapt the testing throughput. It was pointed out that defining test conditions in favor of some certain solution should be avoided.
It was further commented by another participant that the channel sensing and estimation is not an easy task especially under low latency scenario. The less time for estimation the algorithm has, the more the estimation error is. Another problem is that system reaction time which is typically above the desired latency requirements. All that bring us to conclusion that perfect channel estimation is not feasible, and time-to-time mismatch between channel capacity and coded bitstream size is unavoidable. Intended purpose of this study is to evaluate codec behavior in such situations.
It was further discussed that application can take more safety margin and avoid the transmission problems. However, how big should be the margin is again the question of channel estimation. Another participating expert commented that save bitrate adaptation strategy will turned out to lower bitrates and lower quality of the service which application designers normally tries to avoid.
Another participant commented that ICT providers normally try to use channel capacity as much as they can to be economically efficient. Application designers / ICT providers would like to operate at close-to-channel capacity mode to deliver better quality or serve more clients. We could expect that working in close-to-channel capacity mode is quite common situation.
A participant commented that channel estimation and rate control probably is not a purpose of the current study. Somewhat rough bitrate matching job emulating application behaviour has been done offline by the script finding region in the trace file matching coded bitrate that turned out the same effect.
The participant commented that the purpose of the study is error resilience evaluation, but not avoiding transmission problems by better compression or QP adjustment. This is the task more relevant to general compression track. We should admit transmission problems on purpose and check how different technologies will behave at the same or similar transmission problem conditions. Reducing the coding bitrate won’t help us to solve the task of error resilience evaluation.
It was further commented that if the coding solution has a loss resilience feature the application can take more aggressive bitrate selection strategy and operate closer to channel capacity delivering better video quality, since the video corruption risk after bitstream errors is reduces. That brings a benefit.
The exact error pattern can be selected even after bitstream submission, at least for broadcast scenario, like it was done before for random viewpoint selection of 360 scenario.
A discussion of subjective evaluation method was raised. One of the previous comments was to consider DCR and A/B tests where uncorrupted decoded video is compared against the concealed version and measure impairment. It was commenter that due to coding strategy selected by proponent the initial quality of uncorrupted decoded video might be already affected, and that would make subjects estimation biased by compression artefacts rather than concealment impairment. Following this logic performing DCR tests against original uncompressed video does not seem to be appropriate again because of mixing compression and transmission artifacts in single test case. It might me difficult to interpret the obtained evaluation results.
It was further commented that from above arguments using absolute score MOS evaluation method like it was done during CfE seems to be more appropriate. 
It was commented by another expert that from a discussion on some recent scientific conference some practical expert confirmed the suffering from packet loss on online gaming scenario. 
It was further suggested to consider new tests sequences discussed in context of AHG15 work for potential inclusion for evaluation in this category.
It was further suggested to register a contribution containing CfP text draft on top of JVET-AO0045.
Meeting closed at 18:50h UTC.
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Broadcast w/o feedback, transmission priority on, try #Average, QP 22 Reference: vTM

PSNR vs Latency | BD-PSNR SVTM over VTM Tested: SVTM
at QP 22 Y 9] \ Freeze Delta Freeze EncT DecT
Class A 12.5 6.9 6.6 -79.6% 82.7 -> 3% 129% 531%
Class B 10.7 49 6.3 -68.1% 68.1->0% 131% 397%
Gaming 6.1 54 42 -54.6% 54.6 -> 0% 136% 295%
Overall 9.9 5.6 5.8 -67.6% 68.4->0.8% 132% 397%
Broadcast w/o feedback, transmission priority on, try #Average, Latency 16 Tranmission priority:
PSNR vs Rate BD-Rate SVTM over VTM
at Latency 16 Y 9] v EncT DecT
Class A 0.0% 0.0% 0.0% 131% 1004%
Class B 0.0% 0.0% 0.0% 133% 992%
Gaming 0.0% 0.0% 0.0% 139% 1017%
Overall 0.0% 0.0% 0.0% 134% 1002%
Broadcast, Clean channel Note: BD-rate is computed using piece-wise cubic interpo
Clean channel BD-Rate SVTM over VTM
Y 9] \ EncT DecT Cluster information
Class A 5.4% 13.2% 9.7% 4% 581%
Class B 4.7% 15.7% 18.8% 3% 364% CPU type: Intel Xeon E5-2697A v4
Gaming 3.7% 12.1% 13.5% 3% 452%
Overall 5% 14% 15% 3% 439% Hyperthreading: off
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