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QUIC-based transport for media delivery provides a 
groundbreaking approach to low-latency streaming,  
enabling prioritized content transmission and reducing  
delays. By leveraging QUIC’s unique features, such as 
stream multiplexing and prioritization, media applications 
can achieve better performance, ensuring timely delivery 
and an enhanced viewing experience across various use 
cases, including live sports and cloud gaming.
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O artigo desta edição explora o uso do protocolo QUIC na transmissão de mídia ao vivo com baixa latência, especialmente em aplicações como esportes ao vivo, jogos em 
nuvem e videoconferências. Os autores apresentam o MOQT (Media-over-QUIC Transport), uma solução inovadora desenvolvida para superar as limitações do TCP nas transmissões 
tradicionais. O MOQT permite a priorização de fluxos de mídia, possibilitando a entrega pontual e adaptada às condições da rede e às exigências de latência de cada aplicação. 

O estudo apresenta uma implementação inicial da tecnologia com um servidor que transmite vídeo em segmentos CMAF e um cliente baseado em WebTransport. Foram 
testadas duas abordagens de priorização: (1) implícita, onde os frames são enviados na ordem de codificação, e (2) por tipo de frame, onde I, P e B-frames têm diferentes 
prioridades. Para descobrir qual foi a performance de cada um, leia o artigo e delicie-se com o futuro, bem aqui na palma da sua mão! 
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L
ive sports broadcasting, where fans can stream 
live content on their connected devices, or cloud 
gaming, where users can play together connect-
ing from different parts of the world, has many 
demanding requirements. Nobody wants to hear 
a neighbor’s cheers when a goal is scored be-
fore seeing it on the screen, making low-latency 

transport and playback indispensable. Similarly, high laten-
cy is intolerable when playing games in the cloud.

The existing HTTP ecosystem comprises solid foundational 
components such as distributed caches, efficient client ap-
plications, and high-performing server software glued with 
HTTP. This formation allows efficient live media delivery at 
scale. However, the two popular approaches, Dynamic Adap-
tive Streaming (DASH) and HTTP Live Streaming (HLS), are 
highly tuned for HTTP/1.1 and 2 running on top of Transmis-
sion Control Protocol (TCP).1,2 The downside is the latency 
caused by the head-of-line (HoL) blocking experienced due 
to TCP’s in-order and reliable delivery. The latest version of 
HTTP (HTTP/3) uses QUIC (specified in RFC 9000) under-
neath instead of TCP. QUIC can carry different media types 
or parts in different streams. These streams can be multi-
plexed over a single connection, avoiding the HoL blocking.1,3 

The streams can also be prioritized (or discarded) based on 
specific media properties (e.g., dependency structure and 
presentation timestamp) to trade off reliability with laten-
cy. DASH and HLS can readily run over HTTP/3, but they can 
only recoup the benefits using its unique features.4

In the Internet Engineering Task Force (IETF), a new 
working group, Media over QUIC (MOQ), was formed in 2022 
to study further the possible enhancements that QUIC may 
bring for low-latency live streaming.5 The initial implementa-
tion of MOQ Transport (MOQT) is discussed during the IETF 
meetings, which is on its way to standardization.6 As the ini-
tial discussions reveal, MOQT may improve the scalability of 
real-time, interactive media applications and the interactivi-
ty of live-streaming applications.

This paper explains the MOQT design considerations and 
summarizes the enhancements we implemented in a previ-
ous study.7,8 Then, we investigate the prioritization schemes 
that can be performed over this first implementation and 
show results for the on-time-display ratio under different 
bandwidth constraints.

MOQT Design Methodology
MOQT offers a latency-configurable delivery protocol for 
transmitting content from one or more senders to the receiv-
er(s) over zero or more relays utilizing either WebTransport 
(in browsers) or raw QUIC (otherwise), as shown in Fig. 1. 

Relays scale media delivery by forwarding incoming 
media to one or more relays or receivers without requiring 
a unique encoding for every recipient. To adapt to conges-
tion and meet the application’s latency requirements, re-
lays choose what to deliver in what order or what to drop, 
depending on the particular metadata disclosed in the en-
velope of the incoming packets. Receivers can also compro-
mise on quality and latency by determining the ideal time to 
wait for media, depending on their network conditions and 
user expectations.

The server side of the first MOQT demo (initially named 
Warp) uses a customized quic-go library with features like 
stream prioritization and Application Programming In-
terface (APIs) that expose the bandwidth and QUIC con-
nection.9 The server mimics live streaming by releasing a 
pre-encoded and pre-packaged media file chunk by chunk 
as soon as a client connects. In this implementation, each 
media frame is packaged as a CMAF chunk using the Com-
mon Media Application Format (CMAF, ISO/IEC 23000-1910) 
standard. 

The client application is a Web page that plays the live 
feed, includes a video element, and establishes a connec-
tion to the server using the WebTransport API after the page 
has loaded and begins to receive QUIC streams. The CMAF 
segments are parsed and appended to the source buffer as 

Abstract 
A QUIC-based low-latency delivery solution for media 
ingest and distribution in browser and non-browser 
environments is currently being developed for various 
use cases such as live streaming, cloud gaming, remote 
desktop, videoconferencing, and eSports. Operating 
in an Hyptertext Transfer Protocaol (HTTP)/3 environ-
ment (i.e., using WebTransport in browsers) or using 
raw (Quick UDP Internet Connection) QUIC transport, 
QUIC can revolutionize the media industry, overcoming 
the limitations we face with the traditional approaches 
that impose TCP. This study explains the design meth-
odology and explores possible gains with QUIC’s stream 
prioritization features.
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they are received. The client uses a unidirectional, single 
QUIC stream to send the server control messages (such as 
play, pause, and resume).

Enhancements to MOQT Demo 
The first MOQT demo provided the necessary elements, but 
numerous others were required for a complete study. The 
improvements we made to create a testbed for experiment-
ing with MOQT proposals are outlined below8 and can be 
reached at:11

•  addition of data keys under server-to-client information-
al messages to calculate end-to-end latency on the client 
side and throughput estimation on the server side,

•  wall-clock time synchronization between the server and 
client,

•  addition of client-to-server control messages for trans-
mitting client preferences to the server,

•  addition of passive and active bandwidth measurement 
methods and 

•  enhanced user interface to compare the real-time band-
width measurements on both sides.

Prioritization Schemes
Prioritization is an important feature yet to be studied by 
the IETF MOQ working group. The network usually cannot 
maintain the intended order for media content – the order 
to decode the material and play it. Due to several reasons, a 
receiver cannot expect packets to be received in the order 

they were sent. The sending of specific streams may be de-
layed by packet loss or flow control. 

Latency budget is the maximum acceptable delay be-
tween when a media unit is generated and when it will be 
consumed in a given application. The latency budget allows 
a client to buffer and re-order the incoming and possibly 
out-of-order packets for decoding. This, in turn, smooths the 
viewer experience by avoiding frame drops and increasing 
the on-time-display ratio (of the frames).

The ideal latency budget differs from application to appli-
cation. For instance, the quality of experience is directly tied 
to the end-to-end latency for live sports. Therefore, a lower 
latency budget should be used for low-latency delivery ap-
plications. Aiming for high-quality streaming using a small 
latency budget is a challenging task. It requires careful plan-
ning of each step in the streaming process, from encoding 
to transmission to decoding. Each step’s small latency gain 
helps keep the latency budget low. Using a tool such as prior-
itization can make a difference. 

Developing effective prioritization techniques for dif-
ferent types of applications is possible with MOQT. For 
low-latency live streaming, an approach may be to group 
I and P-frames with a higher priority than B-frames. For 
non-low-latency live streaming, high-resolution frames can 
be prioritized over low-resolution frames. Prioritization 
should not be limited to just the type of frames. For example, 
a user can also be given the option to choose to prioritize low 
latency over high quality or vice versa.

FIGURE 1. Simplified end-to-end deployment of MOQT. 

FIGURE 2: Illustration of implicit prioritization without congestion.
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The current MOQT draft6 describes two prioritization op-
tions (Send Order and Ordering with Priorities), and in this 
study, we explore and compare the following two schemes.

Implicit Prioritization
The video frames are transmitted without specific prioriti-
zation in the delivery process. A single unidirectional QUIC 
stream is used to deliver the frames, and their send order is 
the same as their encoding order. This Implicit Prioritization 
is also called First Encode, First Send (FEFS). The delivery or-
der is the same as the send order because QUIC guarantees 
the delivery order for the objects sent over the same stream, 
as illustrated in Fig. 2. Nonetheless, in cases where there is 
congestion on the link or not enough available bandwidth to 

send all the frames (e.g., see Fig. 3), queueing will occur, and 
later frames will experience an increased delay.

Prioritization by Frame Type 
The video frames are prioritized according to their types (e.g., 
I, P, and B). For each frame type, a separate unidirectional 
QUIC stream is created, and each stream is assigned a pri-
ority based on that type (as illustrated on the left in Fig. 4), 
where the I-frames and B-frames have the highest and lowest 
priority, respectively. This way, it is expected that in a con-
gested network, the timely delivery of I-frames is more likely 
than that of P and B-frames. The timely delivery of P-frames 
is also more likely than B-frames (as illustrated on the right 
in Fig. 4).

FIGURE 3. Illustration of implicit prioritization with congestion.

FIGURE 4. Illustration of prioritization by frame type.

FIGURE 5. Calculation of the on-time-display ratio (OTDR) metric.



88REVISTA SET Nº222 - SMPTE

1545-0279/24©2024SMPTE20      SMPTE MOTION IMAGING JOURNAL   |   OCTOBER 2024

Experiments And Results
Experimental Setup
We ran several experiments with different configurations 
to compare the prioritization schemes. These experiments 
were conducted on a computer with an Intel Core i7-8750H 
CPU (6 cores, 12 threads) and 32 GB of RAM, running Ubun-
tu 22.04.2 LTS with a kernel version 5.15.0. Node.JS and NPM 
versions were 18.13 and 9.3.1, respectively. The Go runtime 
version was 1.19.5. As the browser, Chrome 113.0.5672.63 was 
used to run the MOQT demo. For network emulation (e.g., ap-
plying a bandwidth constraint), tc NetEm was used.

We used a pre-encoded (1280 x 720) test video to simulate 
live streaming. It was displayed for approximately two min-
utes in each experiment. The frame rate was 25 frames per 
second (fps), and the group-of-pictures (GoP) length was 50 
frames (two seconds). Each frame was packaged into a CMAF 
chunk, and each GoP was packaged into a CMAF fragment. 
The GoP structure was a sequence of frames where two 
B-frames were interleaved between the I and P-frames (i.e., 
IBBPBBP…).

The bitrate of the test video with the associated overheads 
was approximately 2.7 Mbits/s. Therefore, the frame latency 
variations were measured at three bandwidth constraints: 
2.7, 2.85, and 3 Mbits/s.

Performance Metrics
The metrics to evaluate the effectiveness of the prioritization 
are (i) latency variation depending on the bandwidth con-

straint and (ii) the on-time-display ratio (OTDR) under differ-
ent latency budgets. OTDR indicates the ratio of the number 
of frames displayed on time over the total number. 

In multimedia applications, not all the received frames 
are necessarily displayed on time. A P-frame can be displayed 
only if the I-frame and any other preceding P-frame have 
been received. Similarly, B-frames can be displayed only if 
the referenced I and P-frames have been received. 

When determining whether a frame is displayed on time, 
it is checked whether the frame(s) it depends on are received 
and decodable by this frame’s presentation deadline. The 
methodology is summarized in the flowchart given in Fig. 5.

FIGURE 6. Latency variation for I-frames.

FIGURE 8. Latency variation for B-frames.

FIGURE 7. Latency variation for P-frames.

FIGURE 9. Latency variation for all frames at a bandwidth constraint of 
2.7 Mbits/s.

FIGURE 10. OTDR with FEFS and FT prioritization schemes.
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Results
In the tests, we measured the latency for different frame 
types, which were prioritized differently. Figs. 6, 7, & 8 pres-
ent the individual latency values for the I, P, and B-frames, 
respectively. First, while the results show a latency variation 
among the frames of any given type, the variation is small-
est for the I-frames and largest for the B-frames. At the same 
time, the latency variation among the I and P-frames does 
not change between the scenarios of bandwidth being con-
strained to 2.7 Mbits/s vs. 3 Mbits/s. On the other hand, the 
latency variation for the B-frames increases substantially 
when the bandwidth is constrained more. These are expected 
as prioritization limits the impact of the network congestion 
and the amount of latency experienced. Fig. 6 also shows 
that if the latency budget is 700 ms or more, all I-frames can 
be displayed on time. At this latency budget (700 ms), Fig. 
7 reveals that some P-frames will not be displayed on time, 
and Fig. 8 reveals that most B-frames will not be displayed 
on time. 

Figure 9 reveals the latency variation of all frame types 
when the bandwidth is constrained to 2.7 Mbits/s. We observe 
that latency values for the I and P-frames vary in a smaller 
range. In contrast, the variation for the B-frames is signifi-
cantly larger.

Figure 10 shows the OTDRs for different bandwidth con-
straints under a latency budget of up to 3000 ms. While cal-
culating the OTDR (of all frames of all types), the main idea 
is to check whether any given frame is received and can be 
displayed within that latency budget. The dashed lines illus-
trate the OTDRs with implicit prioritization (First Encode, 
First Send – FEFS). The dashed lines also represent the OTDR 
performance if we had used a single TCP connection (rather 
than one QUIC stream in a single QUIC connection). On the 
other hand, the solid lines illustrate the OTDRs with prioriti-
zation by frame type (FT) (using three QUIC streams in a sin-
gle QUIC connection). The results show that MOQT enables 
us to improve the OTDR performance through better prioriti-
zation under the same bandwidth constraint. Said different-
ly, the same OTDR performance can be achieved with lower 
latency budgets if we apply a better prioritization scheme.

Conclusion
MOQT is currently under development, and it potentially 
comes with many advantages. With the enhancements we 
implemented to MOQT,12 we can provide the client with bet-
ter performance under the same resources. For low-laten-
cy use cases, prioritization always provides higher OTDRs, 
resulting in a better quality of experience or a fairer use of 
available resources. The next step in our research is to expand 
the testing to multi-client scenarios.

References
1. S. Arisu and A. C. Begen, “Quickly starting media streams using QUIC,” ACM Packet 

Video Wksp., 2018, doi:10.1145/3210424.3210426
2. R. Pantos, Ed. HTTP live streaming 2nd edition. Accessed on June 1, 2023. [Online]. 

Available: https://datatracker.ietf.org/doc/draft-pantos-hls-rfc8216bis/ 
3. T. Shreedhar, R. Panda, S. Podanev, and V. Bajpai. Evaluating QUIC performance 

over web, cloud storage, and video workloads. IEEE Trans. Network and Service 
Management, Jun. 2022.

4. M. Nguyen, C. Timmerer, S. Pham, D. Silhavy, and A. C. Begen. Take the 
red pill for H3 and see how deep the rabbit hole goes. In ACM MHV, 2022. 
doi:10.1145/3510450.3517302

5. Internet Engineering Taskforce (IETF). Media Over QUIC (moq). Accessed on June 
1, 2023. [Online] Available: https://datatracker.ietf.org/wg/moq/about/ 

6. L. Curley, K. Pugin, S. Nandakumar, and V. Vasiliev. Media over QUIC Transport. 
Accessed on June 1, 2023. [Online]. Available: https://datatracker.ietf.org/doc/
draft-lcurley-moq-transport/ 

7. Z. Gurel, T. E. Civelek, and A. C. Begen. Need for low latency: media over QUIC. In 
ACM MHV, 2023. doi:10.1145/3588444.3591033

8. Z. Gurel, T. E. Civelek, A. Bodur, S. Bilgin, D. Yeniceri, and A. C. Begen. Me-
dia over QUIC: initial testing, findings, and results. In ACM MMSys, 2023. 
doi:10.1145/3587819.3593937

9. Luke Curley. kixelated/warp-demo: Demo server and web player for the Warp live 
video protocol. Accessed on May 1, 2023. [Online]. Available: https://github.com/
kixelated/warp-demo 

10. International Organization for Standardization/International Electrotechnical 
Commision (ISO/IEC) 23000-19:2020 Information technology—Multimedia appli-
cation format (MPEG-A)—Part 19: Common media application format (CMAF) for 
segmented media. Accessed on Jun. 1, 2023. [Online] Available: https://www.iso.
org/standard/79106.html 

11. Streaming University. streaming-university/public-moq-demo: MOQ testbed. 
Accessed on June 1, 2023. [Online] Available: https://github.com/streaming-uni-
versity/public-moq-demo 

12. Zafer Gurel, Tugce Erkilic Civelek, Deniz Ugur, Yigit K. Erinc and Ali C. Begen. 
Media-over-QUIC transport vs. low-latency DASH: a deathmatch testbed. In ACM 
MMSys, 2024 doi: 10.1145/3625468.3652191

About the Authors
Zafer Gurel is a computer science PhD candidate at 
Ozyegin University under the supervision of Prof. Dr. Ali C. 
Begen as well as the co-founder and CTO of Perculus 
which is an ed-tech start-up developing a video conferenc-
ing tool for instructors.  

Tugce Erkilic Civelek holds bachelor’s and master’s degrees 
in electrical and electronics engineering from Middle East 
Technical University. She has several years of experience as 
a system design engineer, leading communication projects 
at ASELSAN, a large-scale technology company in Türkiye.
 
Ali C. Begen is currently a computer science professor at 
Ozyegin University and a technical consultant in Comcast’s 
Advanced Technology and Standards Group. Previously, 
he was a research and development engineer at Cisco.  
More details are available at https://ali.begen.net

Alex Giladi is a Fellow at Comcast.

Presented at the SMPTE 2023 Media Technology Summit, Hollywood, CA, 16-19 Oct. 
2023. Copyright © 2024 by SMPTE.

DOI: 10.5594/JMI.2024/EDTJ6242 
Date of publication: 1 October 2024


