Low Latency and Low Complexity: Industry Requirements for
the Future Video Coding Standard H.267

Sergey lkonin
VideoTech, 2025

A — e




Speaker Introduction

Research interests

 Video compression, Speech Compression
 Voice and Video over IP

» Al-based compression

« Joint source-channel coding

International standardization

* H.266/VVC, MPEG-5/EVC, JPEG Al

» Technical Expert and Contributor, Co-chair of Core Experiments
and Ad Hoc Groups

Sergey lkonin * Ultra-low latency and packet loss resilience JVET AhG co-chair

Multimedia Communication

« Media Coding Lab Director at Huawei Technologies
» Head of Speech Lab, Spirit DSP



Outline

~uture video coding workshop on H.267
Key industry requirements

_ow complexity

_ow latency

* Al-based compression

Call for Evidence on capabilities beyond VVC



ITU/ISO joint workshop on “Future video coding”

Voice of industry Workshop video record and materials are available:

Geneva, Switzerland, January 2025
Big workshop on Future Video Coding: 400 people on-site and more than 300 online

https://www.itu.int/en/ITU-T/Workshops-and-Seminars/2025/0117/Pages/programme.aspx

Session 1: Requirements and Use Cases: Voices from Industry and Users

Executives, managers and research leaders from the representative sectors of various industries gathered to give the audience a chance to
hear their first-hand voices, which constituted the very basis for next generation video coding technical standards requirements. Industries
chosen included smart phones and devices, Internet/OTT, social media, semiconductor, telecom, computing/cloud, automotive, etc.

Moderators: Joern Ostermann, Leibniz University Hannover and Yuan Zhang, Deputy Director, Big Data and Al Department, China
Telecom Research Institute

Kwang Pyo Choi, Technical Vice President, Samsung Research, Samsung Electronics: Industry Perspectives on Future Video
Coding [Presentation]

Andrew Segall, Head of Video Coding Standards, Amazon: Future Video Coding: An Amazon Perspective [Presentation]

Li Lin, Chief Expert, China Mobile: Requirements for Video Encoding and Processing in the Multimedia Field [Presentation] C.‘OECEPT

Nicolai Otto, Project Management Director, MainConcept GmbH: Future Distribution Video Codec — Considerations from an
Implementer [Presentation]

Important conclusion:

Compression rate is no longer the only goal for new standard

Low latency and low complexity features are new features demanded


https://www.itu.int/en/ITU-T/Workshops-and-Seminars/2025/0117/Pages/programme.aspx

Voice of industry

Expectation and reality

Display evolution

What the consumer sees

Expectation

Displays Will get Ia rg e r

Reality (2025)

« 8K not mass market

« Large displays still 4K

» Content consumed on mobile devices
« Alternative displays (HMD)

» Most of the distribution still in HD
* Requirements change




Voice of industry

Shifting requirements

Shifting requirements

Distribution side

Quality metric shifting from objective to perceived

1080p and 4K “sweet spot”
Latency and startup times become much more relevant

additional bitrate reduction beyond VVC/H.266 less relevant




Voice of industry

Needs for future video coding

Bitrate vs. Bandwidth

SAMSUNG

= Bitrate reduction couldn't be a motivating factor for initiating a new codec standard

Video Coding Technology Communication Technology
Evolution Linearly increasing of coding gain Dramatic increasing of bandwidth
(over 10years) (about 2x coding gain) (about 10x bandwidth)
Technical limitation Theoretical bound Can use channel bonding
Deployment Needs to change only end point Need to change whole Infrastructure

Traffic & effective bandwidth (per user)
. . 6G Network
(~10Gbps)

N 6-Generation
Video Coding < 40Mbps @4K : 100Mbps

\ ; . < 10Mbps @4K Future Video Coding
) : HEVC i [ ) (< 5Mbps @4K)
: : vvC . :
"~10Mbps < 20Mbps @4K B ) ~

2000 2010 2020 2030 Time

Bitrate/Bandwidth

Communications —'( 3G
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Voice of industry

2x times bitrate reduction cannot guarantee the market adoption anymore

SAMSUNG

No more stick to 30% coding gain

= Again, hard to find market issue caused by lack of coding gain

- Standardizing a new video codec doesn't guarantee market adoption, only with 2x the coding gain, anymore

= Improving coding gain seems to be harder than before
- Many experts say that video coding technology might reach theoretical limit

- To improve small coding gain, huge computation is required for now

= Avoid to adopt a tons of tiny coding tools to reach the 30% target goal

0% 10% 20% 30%
Wﬁixi}ﬁl P iP. P PIPIP PP Coding gain
) § I\I\ATTIV
Base Framework 6% 5% 3.5% 3% 2% 1.5% 1.2% 1% .79 5 3 % 4 0700 o oroennms
L y J\ y A— J
Big tOOIS Small tools Tiny tools Super-tiny tools

8 Huawei Confidential é"é H UAWE'



Real-time encoder

Hard to get the same gain as on Test Model

* Itis more and more difficult to convert coding gain of test model to the coding gain in real-time configuration

e Real-time encoding H.265 vs H.264 = ~50%, H.266 vs H.265 = 10..15% , H.267 vs H.266 - ?7??

50.0%
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VVC over HEVC ‘real-time’ encoder from Spin Digital
* 13% compression gain with x1.5 EncT. T
*  24% compression gain with x 3 EncT. )



JVET Enhanced Compression Model

Current performance of ECM beyond VVC

ECM evolution: performance vs. enc./dec. runtime

Evolution of ECM's performance and runtime

Random Access (RA) o
g Do\ gt
config. of ECM common 2559 25.9%< "/

0% 24.0%
test conditions 22.2% 22.6% .

YUV4:2:0 10b coding, !
covering SD, HD, UHD 5.89 |
O

resolutions

4.8% . '
l 8 d
BD rate savings (%) in 0% .
terms of Y PSNR I I

6.8%

Encoding and decoding
time relative to VVC ref.
sw. VTM
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. BD rate w.r.tY PSNR encoding time decoding time

10

27% of coding gain at
~10x Encoder and
Decoder complexity



JVET Call for Evidence

Constrained encoding runtime category

Results expected October, 2025, Geneva meeting
https://jvet-experts.org/

BD-rate vs Encoder run time
-25%
-20%
-15% MSH
z -10% ECM"x2"
=
D -5% VIMXLO _yrvix2.0
£ 0%
o oy VTMX0.5
10% VTMxO0.3 —e—P00 VTM
15% VTMX0.2 ——P01 ECM
20%
0 1 2 3 4 5 6 7 8 9 10 11
Enc. run time ratio
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https://jvet-experts.org/

Voice of Industry

From “Watching” to “Feeling” experience

SAMSUNG

Landscape of Media Technology

= Media services are evolving from watching experience to feeling experience
= Media technologies are highly linked to network and display technologies

Tele-Vison (Watching Experience) Tele-Presence (Feeling Experience)
@ Broadcasting Media (2 streaming Media (3) x-Reality Media
2000 2010 2020 |/
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Interactive & low latency Cloud gaming

xo VK Play

Emerging highly-interactive application trends 5 D psmameyre ©
Karanor urp % OW E J\‘n s ‘gqﬂn ]
; A=
Flpse
Global Market size, Billion USD Compound annual growth rate (CAGR)
40%
, 30%
| L 25%
= X 4 . 6 ' o
15%
10%
5% 1L
2023 2032 0% It
VoD Cloud gaming Video VDI JLb
m VoD = Cloud gaming = Video conferencing = VDI conferencing =

CAGR is the average rate at which some value
(investment) grows over a certain period of time

Source: https://www.fortunebusinessinsights.com

High resolution, high bitrates, and ultra-low latency

* Cloud desktop: 1080P~4K@60fps, 20~70Mbps, 50 ms + Existing traditional applications could work somehow
» Screen casting: 4AK@90fps, 10-20 ms + Latency minimization while keeping high bitrates and
* Cloud gaming: 2K@90fps, 50Mbps, < 50 ms quality is still a challenge

* Cloud XR: 8K@90fps, 100Mbps, <50 ms
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Voice of Industry

Network adaptation and stream stability in low latency scenarios

. » " A 2
Ultra HD Video - transmission & TREN

Live broadcast by 5G + 8K OB van User requirement Technical requirement

second on-site capture

& T
High
& smoolt?'mess
BaseStatlon C;)Q—b

First on-site capture

Codec with quick adaption
® Adapt to network environment by
adjusting encoding parameters

Codec with limited complexity in

5G NetworkControl Center low latency scenarios

® \When codec compression
efficiency is improved, related
complexity should not over
increase

VS

Codec with stream stability in low

latency scenarios
i ® The bitrate calculation shall take
ow
Latency both average bitrate and peak

bitrate into account (delay, packet

loss, experience, transmit, transaction,
bandwidth, etc.)

1. Network transmission fluctuation - packet loss - degrade user experience -> network adaption
2. Smooth & Interactive service - limited handling & transmit time - low latency

14



Voice of Industry

Error resilience decoding

Future Video Coding: An Amazon Perspective

Live Streaming: Error Resilience

e Live streaming is a growing application
that relies on UDP delivery

« Amazon proprietary protocol
* Media over QUIC

 Error resilience is important as are
methods to control drift

 Improving the coding efficiency of IDR-
frames is helpful for ultra low-latency
use cases

15
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Real-time video communication

Common architecture

/Sender N
Video Encoder H packetizer J‘ IP Network
- /

Network issues

Some people say:

“Our networks are good, and will be even better. No needs to

care about packet loss and other network problems”

During COVID time people’s RTC experience was far for being perfect

Personally, | stopped using Wi-Fi and switched back to old-good cable

connection for RTC calls

16
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Receive
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4’[ depacketizer H Video Decoder ]—-»[ Display ]

—

Video stalling




Real-time video communication

Common building blocks

| Capture |¢ ----------------------------------------------------------------------------------------------

End-to-end latency

/RTC engine (WebRTC) R 4 RTC engine (WebRTC)\
Sender - : Receiver
1 rate control |
A 4 1
f Video Encoder Channel | backwardstats | : Video Decoder |
L (H.26x) ] [ Estimation } { Jitter Buffer H (H.26) J
A
- J \_ Y,
o | Communication Channel | ‘:
E IP Router 7 =( Wi-Fi Router E
! J wired link L !

17
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Real-time video communication

Common building blocks

Capture

End-to-end latency

(R

Sender

TC engine (WebRTC)

rate control |

18

L

(H.26X)

Estimation

A 4
J Video Encoder ][ Channel }__ backward stats

-

J

Channel estimation issues:
* hard to solve the task accurately
* hard to adapt to fast changes

e o —

RTC engine (WebRTC)

~

Receiver

- -{ Jitter Buffer ]—{

Video Decoder ]

(H.26x) )

-

J

Jitter buffer ipsues:

* have to intrpduce buffering to compensate

network isspes

« difficult to find good trade-off between buffer

underrun and latency

R

IP Router
J wired link

____________________________________________________________

‘( Wi-Fi Router

| A U ——

Network issues:

* rapid channel fluctuation
* interference
» packet loss\& jitter

Decoder issues:

» cannot decode patrtially received
frames

* have to wait for re-transmission
or use loss concealment

» decoder behavior is not
standardized and non-predictable



Transmission problem analysis

Even x3 time higher channel bandwidth is not sufficient under ultra-low latency constrain

Channel capacity vs codec bitrate, example of Wi-Fi connection scenario

—e— bitrate, 16, BasketballDrive_1920x1080_50fps_8bit_420.yuv, vim-anchor-A, 0, 0 —*— goodput, 16, BasketballDrive_1920x1080_50fps_8bit_420.yuv, vtim-anchor-A, 0, 0

=M 1 A0 Tl dees |
Channel capacity ’ ﬂ bl LU LE I8 U0l 17 1L
Avg: 70 Mbps At g-e R o L . * # M 60
,m] 1 1 ' v " ' I | ® 'U m' : ' il "" ) r40
Codec bitrate " : i | [ ¢ o
Avg: 25 Mbps 20
| |
0 4 0 5I0 160 150 260 250 360 0

Frames

 Instant channel capacity is not sufficient for some frames

« At the same time, average bandwidth is ~3x times more than required

19



Contribution JVET-AK0193
https://jvet-experts.orqg/

Transmission problem example

Video stalling depending on latency restriction
2 ek e

e s i B -
Cle_ar_l_crl_@_lnnel s N VIM, AEPP ‘;“\IN_‘ L F e R - BQTerrace, 1080p@60fps
—1 unm.“ | . ‘ —1 1 ’f”' i z ~

E e L y I . ot SN - Frame interval: 16.6ms

Frame arrival time distribution:

os -9MS, average
|

| 16ms
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© o035

50ms
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03

cy re
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Laten

0.2

0.15

> 20% of
frames are late

0.1

0.05

20 30 40 S

005 frame delivery time, ms
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https://jvet-experts.org/

JVET AhG18 on Ultra-low latency Established in Jan 2025

Software emulating low latency transmission problems for decoder
Y PSNR vs Latency

Available for MPEG members at: https://vcqit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware VTM/ , .

Quality metrics:
1. Average PSNR
2. Freeze ratio

w
w
wu

w
oo
%}

w
-~
wn

feedback last frame receiving,
optional

w
o
v

3. Worst case PSNR,

\ 4

Encoder Network model Jitter Decoder 3 reconstruction
H.266/VTM buffer H.266/VTM 3G / quality of worst e.g.
335 5% or 10% or
T Latency restriction, . _ ./f V/ frames
16/24/32/50ms Quality metrics  **° ¢ / ~—ScalableVTM
315 / —=—ScalableVTMandBeyond
30,5 T T T T T |
Packet trace file, obtained from NS-3 O 10 enyrestiction(ms) - O

Avg. PSNR
U V

Y
lcactusseq [ 2,4dB 1,4dB  2,1dB

Packer trace file, simulating Wi-Fi connections is generated

offline using NS-3 simulator, https://www.nsnam.org/ * Physical room typical for home/office environment
n S-3 Main Interf
. +16m x 8m office room
Network Simulator «1 Wi-Fi station (STA) connected to Access

Point (AP) down streaming the video VVC
encoded video.
*Wi-Fi parameters: 40 MHz bandwidth, TX

ol <o power = 16 dBm (~40mW)
T (T» *Neighboring interfering Wi-Fi network is
( DG\ _) located in a room of same size.
N\ sInterfering traffic is emulated by 50 Mbps
§ A\ neighborhood interference (~5 YouTube-
. \;.\% flows of 1080p)
. STA2 \f‘ *STs are moving in their rooms with a speed
B m a Packet trace file —@& of 3 km/h (walking speed).
3 km/h 2

-%a'g-)sm
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https://www.nsnam.org/
https://vcgit.hhi.fraunhofer.de/jvet-ahg-ull/VVCSoftware_VTM/

July, 2025, 39" JVET meeting,

U L L CO d ecC Daejeon, Korea, JVET-AM0218

Evidence of potential improvement on top of VVC — more than 2 dB PSNR improvement was demonstrated

Average PSNR improvement at the same latency restriction Quality vs latency
39,5
IPPI w/o feedback, bypassIDR, bypass Base Layer e —
Over ScalableVTM, dB s /{ Ij/
Y U \ Freeze 365
Class AL, 4k 1,6 1,1 0,3 0,0% s A
Class A2, 4k 2,6 2,0 2,0 0,0% N /
Class B, 1080p 2,4 1,6 1,9 0,0% 33 5: ‘( /
Overall 2,2dB 1,6 dB 1,5dB 0,0% « 25 -/ ‘/'/ Avg. PSNR
’ / —+—ScalablevTM Y U \V
Anchor: 2-layer scalable H.266 e - ~=-ScalableVTMandBeyond lCactus [ 2408 1408 2.1dB
30,5

Test:  Same as Anchor + Enhancements (see next slide) 0 10 20 30 40 50 60

latency restriction (ms)

Simulation conditions:

*  JVET contribution: » Four latency restrictions experienced: 16, 24, 32 and 50ms

S. Ikonin, V. Khamidullin,
I. Gribushin, M. Sychev, X. Ma,
E. Alshina (Huawei) + Broadcasting scenario — no feedback from receiver

JVET- AHG18: Solution beyond scalable coding for « Transmission priority model,

AMO0218 | ultra-low latency and packet loss resilience
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https://jvet-experts.org/doc_end_user/current_document.php?id=15865
mailto:sergey.ikonin@huawei.com
mailto:vyacheslav.khamidullin1@huawei.com
mailto:gribushin.ivan@huawei.com
mailto:Sychev.Maxim@huawei.com
mailto:maxiang6@huawei.com
mailto:elena.alshina@huawei.com

ULL codec Contribution JVET-AMO0218

Subjective example and video demonstration

L. i 3 e A

TN i,
N\ @

Latency restnctlo‘n = 32 ms

!

N YR

\M

X n"‘

Demo videos available at:
https://shorturl.at/K1Woo
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,“ ;!.lf .!-'!l -;l'n"l

> B
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A vy

PSNR-Y dB
w
o

PENR—YE

NR-Y ]

0 25 50 75 100 12515g -
Frame

w
o

48

Demo videos, full link: https://drive.google.com/drive/folders/1a1g6JWOfg58hZg5-tAsdVDI 4FeFy3FA
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https://drive.google.com/drive/folders/1a1q6JWOfg58hZg5-tAsdVDI_4FeFy3FA
https://shorturl.at/K1Woo

U L L C O d eC Source code is available: https://jvet-experts.org/
. S. lkonin, V. Khamidullin, K.
JVET- | AHG18: Codec software for ultra-low latency Malyshev. 1. Gribushin, X. Ma,

ANO0045 | and packet loss resilience E. Alshina (Huawei)

Key design elements

Data Partitioning — split prediction and residual information, reuse concept of H.264/3

Multiple chunks of residual information, independently coded

Codec structure

* Loss Aware Filter (LAF): NN-based filter to mask lost information Multiple entropy Low priority 1 ) 5 "
codec chunks n | o X X
2 1 O transmission, 9 c
_____________________________________________________________________________________________________________________________ c 1 (O 1 @© ! >
i S ' © some packets! Q | <
1 < M [J—— (O]
i S | can be lost ! c
! o - . L | Entropy P I I
! > —» Transform »  Quantization ™ coding »| StreamB c ! : ! P
1 » 1+ 1 o
i v i ;A » i — 17
1 1 [«D I h
1 i st ! ! ' x
i Inverse Quantization i &AM ! X ! Q
1 — 1
] s Data partitioning A/B ] L S 2
1 1 ! ! >
1 1 < I B 1 ! o—
' T BI(_)C_k Inverse Transform i £ | | | gy
' | partition i » b : : ! o
i L map Rl ] »|  StreamA ! ] i o —
: = L EN , 5 UL -
1 iti —> 1 1 o + | 1
] CTU partition ] " \ "\ ! Hi Lhn | I
] . | v ] igh priority !
1 ! ! H I
' : \ Lost Aware Filter < !
i ! ! LAF: Error mask
. o v
: :
1 icti 1
] N 04— Intra Prediction Loop Filters :
1 1
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https://jvet-experts.org/doc_end_user/current_document.php?id=16029
mailto:sergey.ikonin@huawei.com
mailto:vyacheslav.khamidullin1@huawei.com
mailto:malyshev.kirill@huawei-partners.com
mailto:gribushin.ivan@huawei.com
mailto:maxiang6@huawei.com
mailto:elena.alshina@huawei.com
https://jvet-experts.org/

ULL codec

Subjective examples of residuals loss effect, and masking by NN-based LAF filter

Lost residuals, 26.7 dB PSNR LAF improvement, 36.8 dB PSNR

« Examples of reconstruction from partially received information
« If residual chunk is lost others can be used for reconstruction

« Lost residual blocks are further improved by LAF in-loop filter
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Voice of industry

Al-based compression

SAMSUNG

Mega Trends of Video Coding Evolution

Media coding technology is evolving toward Al-based design for innovation coding gain

- Conventional signal processing-based compression algorithm is gradually reached out the coding gain limitation

- Media coding standard is adopting Al-powered coding tools, which show evidence to enable significant coding gain improvement

Conventional Video Codec Al-based Video Codec

Enhancing coding tools through ML-based approach Novel architecture for next-generation compression technology

Design high coding gain tools and replace existing tool or add as a new tool New design replacing the conventional coding algorithm used during 30 years

l:l Trainable (ML-based) l:l Non-trainable (conventional part)

Legacy Video Codec ('90 ~ ‘24) Hybrid Al-Codec (‘25 ~ “29) End-to-End Al-Codec (‘30 ~)

H.265/HEVC ('13) H.266/VVC ('20) Future Video Coding ('30) E2E Al-based Future Video Coding ('35~)
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Al-based compression

Expectations and bottlenecks

* The biggest issue:
data transfer to NN processor on block-level

Snapdragon i i

L : i

B ! :

E CTU partition ‘ =C/ :

s fa |

* Itis believed only tools with relatively - : SR R S
high granularity of memory transfers can be acceptable L] E2e NN coder i N B

__________________________________________

Tools/solutions with frame-level memory-transfer:
1. NN filter (post or in-loop)

2. Generated B-frame

3. Super-resolution

4. NN-based E2E coded intra/inter frame
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JVET AHG11

Neural network-based coding

28

BD-rate (PSNR-Y) over VWC (RA cfg)

-15%

-13%

-11%

-9%

-1%

-5%

NNVC complexity performance trade-oft

AOM

RTX 3080, 4K

® LOP filter + NNIntra

@ HOP filter + NNIntra

® VLOP filter + NNIntra

® LOP filter + NNIntra + NNSR

16

kMAC/pxl (log scale)

64

256

-15%

-13%

-11%

-9%

BD-rate (PSNR-Y) over VWC (RA cfg)

-7%

-5%

® LOP filter + NNIntra

@ HOP filter + NNIntra

® VLOP filter + NNIntra

® LOP filter + NNIntra + NNSR

EncT: x2.6T DecT: x1141T (CPU)

{ L

EncT: x1.27T DecT: x34T (CPU)

® EncT: x1.1T DecT: x15T (CPU)
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JVET Call for Evidence CfE document JVET-AM2026

https://jvet-experts.orqg/

CfE response is the nearest mailstone expected in JVET October meeting

H.267 standardization timeline (tentative) Draft

Exploration phase CfE Release CfE Response CfP Release CfP Response ~ Working Draft Committee Draft International Standard International Standard
A £\ A /\ A VA VAS A A e
2025.1 2025.7 2025.10 2026H1 2026H2 2027H1 2028 2029H1 2029H2/2030H1

CfE categories:

General video compression improvement

Constrained encoding compression improvement

Additional functionality as Ultra-low latency and packet loss resilience
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https://jvet-experts.org/

Conclusion

Compression efficiency not a sole priority for the new standard

Low complexity and implementation cost is specific requirements

Low latency communication is recognized as important for future applications
Hybrid architecture enhanced by frame level Al-based tools is anticipated

Call for Evidence responses will show the potential

Stay tuned: http://|vet-experts.org
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http://jvet-experts.org/

Thank you.

OO
#.'-:E.;qta Sergey lkonin

Multimedia Communication Engineer
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