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Abstract
This contribution includes the software related to document JVET-AM0218 “AHG18: Solution beyond scalable coding for ultra-low latency and packet loss resilience” presented and 39th JVET meeting in Daejeon, Korea. The video demonstration related to the contribution was also presented during the demo session. The presented ULL coding technology was comprehensively discussed with experts, and many experts expressed the interest about the details. After further polishing and in order to complement AHG18 research activity the software is provided with this contribution. The software is provided as a git patch on top of VTM-based simulation software used in AhG18. It is suggested to include the software into exploration experiments in context of AhG18 work.
Introduction
This contribution presents the software based on algorithm described in JVET-AM0218. The software is uploaded as git patch applicable for AhG18 simulation software on top of merge request #3 ‘JVET-AM0195: GDR fixes’, commit 68151c10, which supposed to be merged to ull-master branch after software verification completion.
How to build
Follow the next steps to build the software.
· Clone AhG18 repository: 
	git clone https://vcgit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware_VTM.git
· Checkout to commit 68151c10:
	git checkout 68151c10
· Apply patch “jvet-am0218.patch” uploaded with contribution, ignoring whitespace warnings:
	git apply --whitespace=nowarn jvet-am0218.patch
Follow README.md file instructions on how to build the software. Pay attention that NN-based LAF filter is included into the package. The libtorch (~200 MB) is required to download and unpack into source tree to link NN filter with VTM software. The LAF is option and is controlled by -D ENABLE_LAF=ON/OFF flag of cmake.
· Download and unpack libtorch to source/Lib/libtorch to build NN-based LAF filter
	For Linux:
wget https://download.pytorch.org/libtorch/cpu/libtorch-cxx11-abi-shared-with-deps-1.10.2%2Bcpu.zip
unzip libtorch-cxx11-abi-shared-with-deps-1.10.2+cpu.zip -d source/Lib/
rm libtorch-cxx11-abi-shared-with-deps-1.10.2+cpu.zip
	For Windows:
download https://download.pytorch.org/libtorch/cpu/libtorch-win-shared-with-deps-1.10.2%2Bcpu.zip
unpack libtorch-win-shared-with-deps-1.10.2+cpu.zip to source/Lib/
remove libtorch-win-shared-with-deps-1.10.2+cpu.zip
· Build VTM as usual, but with adding ENABLE_LAF flag:
mkdir build
cd build
cmake .. -D CMAKE_BUILD_TYPE=Release -D ENABLE_LAF=ON
make -j
· Get HDRTools submodule to calculate PSNR numbers during the ULL tests:
git submodule update --init --recursive
· Follow HDRTools build instructions at HDRTools/README.md:
cd HDRTools
mkdir build && cd build
cmake .. -DCMAKE_BUILD_TYPE=Release
make -j
Now everything is ready to run the tests.
[bookmark: _Hlk206537400]How to run
The software package is accomplished with python script ull_run_sample.py. Follow the next steps to run the simulations:
1. Configure path to your JVET YUV dataset by setting YUV_DATASET_PATH.
2. Use command line argument --test for starting simulation corresponds with JVET-AM0218: 
· --test svtm – baseline scalable VTM
· --test svtm_am0218 – scalable VTM plus data partitioning, entropy chunks, and LAF
3. Optional: set NUM_PARALLEL_PROCESSES specifying how many tests are run in parallel (depending on your machine’s resources).
4. Optional: set REMOVE_DEC_YUV as True for removing decoded YUV files after finishing simulation to avoid save disk space overflow.
5. Optional: set ONLY_METRICS as True for computing metrics from simulations logs w/o starting simulations.
6. Optional: to speed up the ULL simulations the clean channel bitstreams can be used by specifying path in PREENCODED_STREAMS, like in the following example:
· PREENCODED_STREAMS     = “/hdd/Scalable/CleanStreams”
· The folder structure should follow the template:  CleanStreams/QP22/bin
7. To run clean channel simulation, use command line argument --clean. The required folder structure will be generated automatically.
Running example: python ull_run_sample.py --test svtm_am0218 
Key software modifications
Several macros were introduced to make logical separation of key modifications parts:
#define JVET_AM0218                                       1 // JVET-AM0218 
#if JVET_AM0218
#define JVET_AM0218_DATA_PARTITIONING                     1 // Data partitioning
#define JVET_AM0218_MULTI_CABAC                           1 // Parallel CABAC implementation
#define JVET_AM0218_LOST_STREAM_HANDLE                    1 // Handle lost stream in bitstream parsing process
#define JVET_AM0218_LAF                                   1 // Enable LAF filter
#define JVET_AM0218_ERROR_MASK                            1 // Error mask generation for LAF
#endif
· JVET_AM0218_MULTI_CABAC – multi CABAC wrapper to support multiple entropy coded streams.
· JVET_AM0218_DATA_PARTITIONING – interface modifications to support data partitioning, multiple entropy coding chunks, and accepting multiple NAL units at the decoder side.
· JVET_AM0218_LOST_STREAM_HANDLE – handles lost entropy coding stream during parsing process.
· JVET_AM0218_LAF – enables NN-based loss aware loop filter (LAF) .
· JVET_AM0218_ERROR_MASK – generates error mask based on lost NAL units of stream B to be used by LAF filter
The following macros are assumed to be always enabled: JVET_AM0218_DATA_PARTITIONING, JVET_AM0218_MULTI_CABAC, JVET_AM0218_LOST_STREAM_HANDLE. Separate compilation and functioning are not excepted. Macros JVET_AM0218_LAF and JVET_AM0218_ERROR_MASK are jointly switchable and can be enabled or disabled. The error mask is necessary for correct functionality of LAF filter.
Network model was refactored comparing to current version of AhG18 software to support transmission priority model, and aiming to make network simulation part cleaner and simpler.
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. This contribution proposes an approximated priority model for testing of coding technologies in ULL video transmission scenario. The model introduces traffic ID which may correspond to different layers, NAL unit types, data partitions. Based on traffic ID two main features are introduced:
· Sending order priority
· Packet stays in sending buffer until packet lifetime is over 
Figure 1: Transmission priorities schemeLayer 1
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Some coding solution, for example, scalable coding may imply different priority of information importance. In current solution two traffic categories are introduced for better delivery key important information like Layer0.
If data partitioning is enabled and bitstream consist of two parts: stream A and stream B, where stream A contain more important critical information, and stream B contain information that can be lost, transmission prioritization means that stream A packets in a sending buffer are sent first. It can be configured by setting parameters TrafficID and TrafficIDB in software: stream with lower value of traffic ID is sent first. Potentially, more traffic categories (IDs) can be introduced.
Packet lifetime
Packet lifetime is 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 current software emulates this behavior in network model.
The tuning of lifetime can be useful to solve the network overflow problem. Outdated packets can be discarded as soon as they expire and cannot be used for decoding due to latency restriction. As latency restriction is the deadline of frame delivery thus lifetime of non-critical parts can be set equal to latency restriction, but lifetime of critical parts can set longer.
The modern transmission protocols allow to define lifetime in dependence of traffic ID. It can be mimic by setting parameters PacketLifeTime and PacketLifeTimeB in the software.
Test results
The described above solution was evaluated in combination with scalable coding (two layers, SNR scalability). Data partitioning and StreamA/B separation are applied to enhancement layer only. The anchor is two-layers scalable coding.
The test conditions are based on JVET-AL0176 which exercises video reconstruction quality versus latency restriction of JVET classes A and B encoded with QP22 for enhancement layer and QP42 for base layer. In this evaluation no-feedback scheme was used, with periodic I-frame insertion at every 128 frame. Other important evaluation conditions are highlighted below. 
· Base layer is bypassed through the transmission channel with no loss and zero latency both in anchor and test to be able evaluate smooth video without stalling, as was recommended by AhG18.
· The I-frame is also bypassed with no loss and latency.
· The packet lifetime is configured to be equal to latency restriction both for anchor and test to avoid overloading the channel by late packets which cannot by used by decoder anyway.
The evaluation results following the test conditions described above are as follows:



	
	IPPI w/o feedback, bypassIDR, bypass L0


	
	Over ScalableVTM, dB

	
	Y
	U
	V
	Freeze

	Class A1
	1.5
	1.3
	0.4
	0,0%

	Class A2
	2.6
	2.0
	2.0
	0,0%

	Class B
	2.6
	1.8
	2.1
	0,0%

	Class C
	#VALUE!
	#VALUE!
	#VALUE!
	 

	Class E
	#VALUE!
	#VALUE!
	#VALUE!
	 

	Overall
	2.3 dB
	1.7 dB
	1.6 dB
	0,0% 

	Class D
	#VALUE!
	#VALUE!
	#VALUE!
	 

	Class F
	#VALUE!
	#VALUE!
	#VALUE!
	 


Table 1 BD-PSNR numbers in dB of average reconstruction quality improvement in respect to latency restriction of 16, 24, 32 and 50ms
In the table above the BD-PSNR metric is used as it described in JVET-AM0325 for per-sequence gain evaluation. These DB-PSNR numbers can be interpreted as average reconstruction quality improvement comparing to anchor with given latency restriction i.e., an average distance along Y-axis between two curves.
[image: ]
Figure 2 The example of Y-PSNR versus latency restriction for BQTerrace sequence
In described experiments 50 entropy coding chunks were used for residual coding (see algorithm description in JVET-AM0218 for details). This introduces ~3% of bitstream overhead, and can be further optimized. Detailed per-sequence overhead is as follows:
	
	Seq
	 Overhead
	 per Class

	A1
	Tango2
	2%
	 

	
	FoodMarket4
	4%
	 

	
	Campfire
	3%
	3%

	A2
	CatRobot1
	3%
	 

	
	DaylightRoad2
	3%
	 

	
	ParkRunning3
	2%
	3%

	B
	MarketPlace
	4%
	 

	
	RitualDance
	4%
	 

	
	Cactus
	4%
	 

	
	BasketballDrive
	4%
	 

	
	BQTerrace
	3%
	4%

	
	
	Average:
	3%


Table 2 Bitstream overhear caused by 50 independent entropy coding streams for residuals.
Conclusion
This contribution includes the software related the coding technology beyond scalable coding that can be used for ultra-low latency and packet loss resilient decoding scenarios described in JVET-AM0218. The technology re-uses concept of data partitioning of H.263/4 which separates prediction and residual information into different sub-streams. Additionally, entropy coding of residual coefficients is performed using multiple independent entropy coded chunks. A lost aware NN-based loop filter is further applied to reduce subjective impact of lost residuals and propagation of these errors via inter frame prediction. 
Compared to and on top of a 2-layer SNR scalability with transmission priority mechanism the gain is 2.3 dB of Luma PSNR on average, with about 3% overhead for multiple chunks.
It is proposed to include the software into exploration experiments in context of AhG18 work.
Patent rights declaration(s)
Huawei Technologies may have current or pending patent rights relating to the technology described in this contribution and, conditioned on reciprocity, is prepared to grant licenses under reasonable and non-discriminatory terms as necessary for implementation of the resulting ITU-T Recommendation | ISO/IEC International Standard (per box 2 of the ITU-T/ITU-R/ISO/IEC patent statement and licensing declaration form).
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