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Abstract
Realtime interactive streaming, an emerging paradigm that enables
instantaneous two-way interactions with diverse streaming traffic,
introduces new network challenges. This paper identifies a unique
characteristic of this paradigm — cross-directional dependency. By
leveraging this dependency, we propose a novel prioritization-based
approach to optimize realtime interactive streaming. Our design
aligns application-layer demands with transport-layer behavior,
prioritizes critical traffic to mitigate buffer overflows caused by
streaming microbursts, and transforms chaotic congestion into a
predictable process. We extend the QUIC priority system to ac-
commodate unreliable QUIC datagrams and develop an end-to-end
framework for evaluating this emerging streaming paradigm. Ex-
tensive Internet-scale experiments validate the effectiveness of our
system, demonstrating up to 9.4× reduction in motion-to-photon
latency and 82× reduction in freeze frame rates.

CCS Concepts
• Information systems→Multimedia streaming; • Networks
→ Transport protocols; • Computer systems organization→
Real-time systems.
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1 Introduction
From video conferencing and cloud gaming to mixed reality (XR),
realtime interactive streaming is revolutionizing digital experiences
by enabling instantaneous, two-way interactions with ultra-low
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Figure 1: Illustration of network traffic patterns in realtime
interactive streaming.

5G
[34]

Fixed Broadband
[16]

Satellite
[46]

Down 138-238 Mbps 467 Mbps 25-220 Mbps
Up 13-20 Mbps 71 Mbps 5-20 Mbps

Table 1: Network bandwidth asymmetry in the United States.
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Figure 2: Microbursty throughputs in both directions of real-
time interactive streaming.

latency. This emerging streaming paradigm reshapes how users
engage with content, transforming passive viewers into active par-
ticipants. Recent years witnessed innovative applications, including
holographic communication [1, 2, 5, 30, 40], digital twins [33, 43],
turning sci-fi into reality. However, these applications require high-
performance rather than consumer-grade networks, putting us one
step away from their accessibility. In this paper, we will characterize
realtime interactive streaming and present an approach tailored to
its unique nature.

Unfortunately, the existing network ecosystem does not suit
realtime interactive streaming. Figure 1 illustrates a holographic
communication. It follows the status quo utilizing a Selective For-
warding Unit (SFU) [54] for exchanging data among participants.

https://doi.org/10.1145/3743093.3771029
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First, compared to traditional audio/video (A/V) streaming, interac-
tive streaming includes more diverse media types, such as sensor
tracking. In addition, different traffic is often associated with dis-
tinct characteristics and demands. For example, sensor tracking
is low-volume, high-frequency, latency sensitive but loss tolerant.
This unique aspect prompts us to rethink multiplexing beyond
simple A/V streaming.

Second, realtime interactive streaming involves heavy traffic in
both directions. While Internet users now have ample bandwidth
for bufferless 1080p or 4K streaming, this applies only to the down-
stream bandwidth, as upstream bandwidth is typically much lower.
Recent measurements report such bandwidth asymmetry (Table 1)
in the United States. Even in an ideal scenario, it is challenging
for this upstream bandwidth to support 1080p or 4K live stream-
ing according to the bitrate recommended by YouTube [20] not to
mention 360◦, virtual reality (VR), or 3D content.

Third, microbursts [6, 42] exacerbate this situation. Figure 2
shows the bidirectional throughputs in our testbed over a 0.5-second
interval while streaming a 30 FPS video, with throughput calcu-
lated in 1 ms windows. Rather than being smoothly distributed over
time, the throughput fluctuates significantly due to the completion
of encoding new video frames, which causes the sender buffer to
overfill with a significant amount of packets within a short time.
This buffer behavior results in excessive packet drops and under-
utilization of egress bandwidth. Without lowering the encoding
bitrate, counter measures [6, 23] trying to spread out heavy traffic,
however, introduce latencies that hurt the realtime experience.

Last, state-of-the-art realtime streaming optimizations [3, 9, 13,
14, 18, 23, 29, 41, 44] focus on the single direction of the target
stream but ignore the correlation of streams across directions, miss-
ing opportunities of further optimizations.

Our insights capitalize on the unique characteristic of cross-
directional dependency in realtime interactive streaming. Cross-
directional dependency is defined as streaming traffic in one direc-
tion depending on traffic in the other direction. Specifically, there
are two types of cross-directional dependency. The first is cross-
directional content dependency. For example, in holographic com-
munication or VR streaming, a common practice is to stream ren-
dered, perspective-projected, view-dependent content rather than
raw 3D representations or full panoramic 360◦ videos [4, 8] to
save bandwidth. To obtain view-dependent content, user-side track-
ing inputs, such as orientations or positions, are required. Conse-
quently, obsolete user-uploaded tracking data can result in falsely
processed content being downloaded for playback. The other is
cross-directional transmission dependency. For instance, in the
scenario depicted in Figure 1, when the upstream bandwidth is sat-
urated, a high rate of upstream video retransmissions exacerbates
congestion, leading to increased packet loss, including ACKs and
tracking data. Excessive upstream ACK loss would not only cause
increased downstream throughputs but also introduce playback
delays or freezes.

Our proposal builds upon QUIC with the datagram extension [22,
36] by leveraging cross-directional dependency. While existing ap-
plications [8, 27] often use multiple connections for different traffic
types, such a design leads to self-competition and delegates traffic
management to the kernel, limiting application-level optimization.
In contrast, QUIC’s multiplexing and partial-reliability support

MsQuic
[32]

quinn
[38]

quiche
[15]

quic-go
[37]

Chromium
[19]

Stream ✗ ✓ ✓ ✗ ✓

Datagram ✗ ✗ ✗ ✗ ✗

Table 2: Priority supports in themost popular QUIC libraries.

allow us to consolidate diverse streams into a single connection
with fine-grained bidirectional control. Additionally, partial reli-
ability is essential for realtime streaming, as it allows senders to
discard overdue data, e.g., expired video frames, enabling timely
and application-aware delivery [35, 36, 39]. The key philosophy
of our proposal is to prioritize critical traffic in both directions
and turns chaotic congestion into a predictable one. To this end,
we extend QUIC’s priority system to support datagram prioritiza-
tion and implement a comprehensive prioritization strategy across
unreliable datagrams and reliable streams, aligning transmission
behavior with application-level semantics and interaction goals.

Our contributions are as follows: (1)We identify a cross-directional
dependency in realtime interactive streaming and enable novel
prioritization-based optimizations. (2) We extend the QUIC priority
system to support datagram prioritization and propose a strategy
tailored to streaming needs. (3) We develop RISE, an end-to-end em-
ulation framework for realtime interactive streaming with diverse
media types. (4) We demonstrate up to 9.4× and 82× reductions in
motion-to-photon (MTP) latency and freeze frame rate in bidirec-
tional view-dependent streaming. (5) We open source the extended
QUIC library and the RISE framework to facilitate broader research
on next-generation interactive streaming.1

2 Related Work
Prioritization Support. At the transport layer, both SCTP [47]

and QUIC [22] support partial reliability and priority control, but
their mechanisms differ. SCTP implements timed reliability, where
a lifetime parameter can be attached to a stream to discard over-
due (re)transmissions [39]. Additionally, the latest SCTP exten-
sions include a priority-based scheduler under this context [48].
However, SCTP’s communication model remains stream-based and
lacks native datagram support, making it less suitable for real-
time applications. As a result, WebRTC [7] adopts SCTP primarily
for data channels rather than media channels. QUIC [22, 24], the
foundation of HTTP/3 [12], approaches partial reliability differ-
ently. The datagram extension [36] introduces unreliable unordered
datagrams as first-class citizens alongside reliable streams, signif-
icantly improving multiplexing flexibility for realtime scenarios.
Although both QUIC streams and datagrams can theoretically be
prioritized [22, 36], our survey of major QUIC libraries (Table 2)
shows that only a few support prioritization for streams, and none
support prioritization for datagrams. At the application layer, We-
bRTC exposes a four-level prioritization API, which can influence
delivery via DSCP marking or proportional bandwidth allocation
at the sender [7, 50]. However, these mechanisms lack fine-grained
and preemptive control. In addition, DSCP marking is known to be
fragile on the Internet [26].

1QUIC library: https://github.com/posoo/quinn-dg-priority; RISE framework: https:
//github.com/posoo/RISE-framework.

https://github.com/posoo/quinn-dg-priority
https://github.com/posoo/RISE-framework
https://github.com/posoo/RISE-framework
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Figure 3: The proposed datagram processing pipeline with
prioritization in QUIC.

Realtime StreamingOptimization. Forward Error Correction (FEC)
has long been a key focus in realtime streaming optimization. Re-
cent advances include adaptive redundancy schemes, such as FRAC-
TaL [23] and Hairpin [29]; learning-based approaches, such as
Tooth [9] and RL-AFEC [13]; and advanced coding designs, such
as Tambur [41]. Additionally, bandwidth demands can be reduced
through network-aware codecs, such as Salsify [18]; adaptive bitrate
control, such as Mowgli [3]; and neural codecs, such as GRACE [14]
and Gemino [44]. However, these techniques primarily target tradi-
tional one-way streaming, where the server pushes video content
to a passive client. Recent efforts have begun exploring the realtime
interactive streaming space. For example, LoopTailor [25] optimizes
the VSync pipeline in cloud gaming. Our work complements these
efforts by leveraging cross-directional dependency.

3 Design
3.1 Priority Control for QUIC Datagram
There is currently no established convention for implementing
priority control for unreliable datagrams. In contrast, priority con-
trol for reliable streams is well-defined: High-priority stream data
is more likely to be included in the next populated packet, while
low-priority streams still get delivered eventually in a later stage.
However, realtime applications demand unreliable transport to en-
able flexible retransmission at the application layer.

Our design focuses on establishing datagram priority control
in QUIC to deal with streaming microbursts. We propose priority
channels, which decouple unreliable application streams with spe-
cific priorities, enabling flexible and dynamic priority management.
Ingress and egress controls work together to enforce priority con-
trol. Additionally, ingress control is responsible for capping the size
of a virtual sender buffer to prevent bloating of the actual sender
buffer and hence minimize latency. Egress control further helps
mitigate starvation by ensuring fair scheduling among channels.

The pipeline of QUIC datagram transmission with priority con-
trol is illustrated in Figure 3, with the ingress and egress control
procedures detailed in Algorithm 1. At the application layer, multi-
ple unreliable streams may request transmitting datagrams with
different priorities. A set of priority channels can be initialized ei-
ther in advance or dynamically on demand. It is worth noting that
an application streammay use different channels to send datagrams
with varying priorities. For example, a video stream may prioritize
key frame datagrams over predicted ones.

Algorithm 1: QUIC Datagram Priority Control
1 Procedure IngressControl(𝑑 , 𝐶):
2 𝑝 ← priority(𝐶) ; // get the channel priority

3 𝑆 ← ∑
∀𝐶 |𝐶 | ; // get virtual sender buffer size

4 if 𝑆 < 𝐵 then
5 𝐶 ← 𝐶 ∪ {𝑑}
6 else
7 𝐶min ← argmin∀𝐶 priority(𝐶) | 𝐶 ≠ ∅;
8 if 𝑝 > priority(𝐶min) then
9 dequeue(𝑃min);

10 𝐶 ← 𝐶 ∪ {𝑑};
11 else
12 drop(𝑑);

13 Procedure EgressControl(𝑅):
14 𝑝max ← max{priority(𝐶) | ∀𝐶, |𝐶 | > 0};
15 C← {𝐶 | ∀𝐶, priority(𝐶) = 𝑝max, |𝐶 | > 0};
16 if |C| = 1 then
17 𝐶′ ← first(C);
18 else
19 𝐶′ ← RR(C) ; // round-robin selection

20 if size(first(𝐶′)) ≤ 𝑅 then
21 return dequeue(𝐶′);
22 else
23 return null;

Ingress control is the first stage that determines whether to ac-
cept or drop an incoming datagram, andwhere to place it if accepted.
We extend QUIC’s datagram send API to include the associated pri-
ority channel (𝐶) for each datagram (𝑑). After retrieving the channel
priority (𝑝) and the current size of the virtual sender buffer (𝑆), if
the buffer size does not exceed the buffer capacity (𝐵), the datagram
is immediately enqueued (L4–5). Otherwise, the datagram may still
be accepted if its associated channel is not the one with the low-
est priority. In that case, the lowest-priority channel will drop its
oldest datagram, and the current datagram will be enqueued in the
higher-priority channel (L6–10). If the current datagram belongs
to the lowest-priority channel, it will be dropped without evicting
any existing datagrams (L11–12).

Egress control is triggered when the underlying UDP socket
becomes available. The highest-priority datagram that can be ac-
commodated within the next populated QUIC packet is dequeued
and moved to the actual sender buffer. Among channels with the
same priority, datagrams are dequeued in a round-robin fashion to
avoid starvation within equal-priority flows (L13–19). If the remain-
ing space (𝑅) is insufficient to fit the selected datagram, the current
egress round is skipped, deferring transmission in anticipation of
more available space in the next QUIC packet (L20–23).

While working locally at the sender side, our priority control
mechanism not only proactively drops less important datagrams to
protect critical ones, but also maintains an ordered priority queue
to increase the likelihood of successful delivery of high-priority
datagrams in subsequent networks. Importantly, we have no con-
trol over sender buffers in the kernel networking stack, network



MMAsia ’25, December 9–12, 2025, Kuala Lumpur, Malaysia Sen Lin, Andre Chen, Kevin Zhikai Chen, and Aleksandar Kuzmanovic

interfaces, or network middleboxes along the path, any of which
can become congestion bottlenecks. While the optimal buffer size
has long been a subject of debate, both academia and industry gen-
erally favor shallow sender buffers under modern Internet protocols
and infrastructure [10, 11, 21, 28, 56]. As a result, allowing critical
datagrams to enter the buffer earlier increases their chances of
surviving subsequent congestion points.

3.2 Integration in Realtime Interactive
Streaming

Extending QUIC with a datagram priority system enables cross-
layer optimization by aligning transport-layer behaviorsmore closely
with application-layer demands. It also extends QUIC’s multiplex-
ing concepts to cover QUIC datagrams. To illustrate the integration
of this mechanism in realtime interactive streaming, we consider a
holographic communication system based on bidirectional view-
dependent streaming, as shown in Figure 1. In this system, each
user continuously uploads tracking data (e.g., orientations), which
is used by the communicating peer to render view-dependent video
content, such as perspective-projected 360◦ video. Simultaneously,
each user downloads video data and responds with acknowledg-
ments (ACKs). The process is symmetric between interacting users,
implying that each user simultaneously acts as both a streamer

(encoding and sending video) and a receiver (sending tracking data
and rendering received video). Our optimization goal is to minimize
the MTP latency, which is the time between a tracking input and
the corresponding video frame being displayed, and frame freezing.

Before diving into the analysis, we define the video encoding
frequency as 𝑓𝑣 , the motion sensor tracking frequency as 𝑓𝑡 , and
the round-trip time (RTT) between two interacting users as 2𝜏 . In
practice, 𝑓𝑡 ≥ 𝑓𝑣 is required to ensure smooth playback responsive
to user movements. For the ease of explanation, we assume 𝑓𝑡 =

2𝑓𝑣 = 1
𝜏
and zero processing delay. 2 In our proposed system, QUIC

datagrams carry all three types of traffic, with tracking and video
data treated as critical traffic.

Without datagram prioritization, the sender buffer behaves as a
FIFO queue. Assuming the buffer has infinite capacity, the expected
MTP latency is the sum of the RTT and the expected queuing delay
for a tracking input (derivation omitted for brevity):

E[𝐿MTP |FIFO] = 2𝜏 + 𝑅2
𝑣

2𝐵2 𝑓𝑣
(1)

where 𝑅𝑣 denotes the video bitrate, 𝐵 the available bandwidth, and
𝑓𝑣 the video frame rate. For example, streaming a 30 FPS video with
𝑅𝑣 =

2
3𝐵 and 𝜏 = 10 ms yields an expected MTP latency of 27 ms.

However, an infinite buffer is impractical in real-world scenarios, as
it increases latency for all types of traffic. Additionally, due to the
nature of video compression, frame sizes vary significantly, even
under constant bitrate (CBR) encoding. For instance, a key frame
can be up to two orders of magnitude larger than a predicted frame,
increasing the burstiness. Furthermore, realtime streaming favors
fresh data, and hence a bounded shallow buffer is preferred.

2For instance, video conferencing applications like Zoom [49] typically encode video
at 30 frames per second (FPS). Devices such as the Meta Quest 2 headset have a
tracking frequency around 60 Hz. The median RTT values in the United States are
approximately 28 ms for cellular and 13 ms for fixed broadband users [45].

S

R

Fi(Ti−τ )

Ti−τ Ti+τ Ti+3τ

Fi+4τ (Ti+τ )

×
Fi Fi+4τ

Fj F ′
j F ′′

j Fj+4τ

× × ×

Figure 4: Realtime interactive streaming example. S and R
stand for Streamer and Receiver respectively. Green dots
indicate playback events.

Packet loss is a major culprit behind excessive MTP latency. As
illustrated in Figure 4, at time 𝑡 = 𝑖 , the streamer generates and
encodes a frame 𝐹𝑖 based on tracking data received 𝜏 earlier. In this
ideal case, at playback time 𝑡 = 𝑖+𝜏 , theMTP latency is 2𝜏 . Although
the next tracking data (𝑇𝑖+𝜏 ) is successfully delivered, the subse-
quent tracking data (𝑇𝑖+3𝜏 ) is lost. As a consequence, frame 𝐹𝑖+4𝜏
must use outdated tracking data (𝑇𝑖+𝜏 ), resulting in mismatched
playback at 𝑡 = 𝑖 + 5𝜏 and doubling the MTP latency to 4𝜏 .

Similarly, failing to prioritize video datagrams can trigger a cas-
cading effect that severely degrades streaming performance. Fig-
ure 4 depicts a scenario where the streamer encodes and transmits
a frame 𝐹 𝑗 , which experiences partial loss during transmission. Af-
ter one RTT, the streamer retransmits the lost data (𝐹 ′𝑗 ), further
increasing bandwidth usage and may exacerbating network con-
gestion. The situation worsens if retransmitted data (𝐹 ′𝑗 ) is also lost.
Consequently, at time 𝑡 = 𝑗 + 4𝜏 , the streamer must simultaneously
send both a new frame (𝐹 𝑗+4𝜏 ) and retransmitted data (𝐹 ′′𝑗 ), intensi-
fying network congestion. In addition, failure to decode frame 𝐹 𝑗
in a timely manner results in frame freezing. Furthermore, if the
streamer decides to abandon frame 𝐹 𝑗 , then frame 𝐹 𝑗+4𝜏 must be
encoded as a key frame to prevent error propagation, significantly
increasing traffic consumption.

Based on the aforementioned insights, we assign the highest
priority to tracking data, followed by video data, and the lowest to
ACKs. Tracking is prioritized over video due to its extreme latency
sensitivity and relatively small traffic volume. Reversing this or-
der would risk starving tracking packets. Although ACKs are also
low in volume, they are less latency-sensitive and can therefore be
safely deprioritized. Counterintuitively, deprioritizing ACKs can
actually improve streaming performance. Our prioritization orders
datagrams by traffic type, taming congestion into a predictable
process. Instead of being dropped randomly during buffer over-
flows, ACKs are dequeued right after bursty video traffic is drained,
giving them a higher chance of successful delivery. While delayed
ACKs may trigger occasional key frame insertions, they reduce the
likelihood of frame freezing. Notably, this prioritization remains
effective beyond the sender buffer, ensuring a higher success rate
of delivery in downstream network queues (§3.1).

4 Evaluation
4.1 Evaluation Setup

Testbed. Realtime interactive streaming is an emerging para-
digm, but lacks a standardized testbed for open research. Tradi-
tional applications like video conferencing and cloud gaming rarely
involve symmetric or multi-stream traffic, while advanced sce-
narios such as holographic communication and digital twins are
largely proprietary. To bridge this gap, we develop the Realtime
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Figure 5: Transport-level results.

Interactive Streaming Emulation (RISE) framework, an end-to-
end, high-performance Rust-based testbed supporting bidirectional
streaming, parallel flows, view-dependent streaming, tracking re-
play, and multiple transport protocols. RISE builds on Ringmas-
ter [31], which implementsWebRTC streaming and has been widely
adopted in prior work [17, 41, 55]. The QUIC extension is built on
quinn [38].

Settings. We deploy RISE endpoints on two servers to emulate re-
altime interactive streaming between peers. Each endpoint equally
acts as both a streamer and a receiver. For clarity, we refer to them
as Host and Guest. Host running in a commercial data center (emu-
lating a user behind an SFU) connects to Guest running on a campus
network (simulating another user) via public Internet, where RTT
is 21ms. We throttle the Guest’s uplink bandwidth to 20 Mbps and
70 Mbps to simulate 5G/satellite (5G) and fixed broadband (FB)
networks, as shown in Table 1. For input video, we use a 4K 360◦
VR gaming video from prior work [52]. Tracking data is synthe-
sized at 60 Hz under three movement speeds (slow, moderate, fast).
Each endpoint performs a perspective projection using the peer’s
latest 3DoF tracking with a 1-radian PoV. Video are encoded at
10, 30, and 40 Mbps for three settings: 5G/FHD/Low, FB/4K/Low,
and FB/4K/High. Here, FHD and 4K denote 1080P and 2160P; Low
and High indicate frame rates of 30 and 60 FPS. Each frame has
a 1-second deadline. Bitrates are chosen based on YouTube’s rec-
ommendations [20]. We primarily evaluate two transport schemes:
our design with prioritization (w/ Pri) and baseline QUIC without
prioritization (w/o Pri) under these three settings. Unless other-
wise noted, results are reported from the Guest’s perspective. We
focus on QUIC to isolate the effect of datagram prioritization, as
SCTP and WebRTC prioritization lack native datagram support
and preemptive control, leaving comparative evaluation for future
work.

4.2 Transport-Level Results
We first evaluate transport-level metrics by comparing our pro-
posed approach against the baseline. By prioritizing tracking traffic,
we achieve a median 2× reduction in MTP latency for streaming
FHD/Low video over 5G networks. In fixed broadband networks,
the median MTP latency is reduced by 9.4× for 4K/Low video and
8.8× for 4K/High video. Specifically, the 9.4×MTP latency improve-
ment translates to a 730 ms reduction, allowing approximately 45
additional position updates at a tracking sensing frequency of 60
Hz. For the 95th and 99th percentile MTP latencies, our prioritiza-
tion strategy yields reductions ranging from 2.3× to 5.7× and from
1.3× to 5.3×, respectively, across the three evaluated scenarios. This

significantly lower MTP latency ensures more responsive graphical
updates reflecting user movements.

Additionally, video traffic is prioritized to ensure smoother video
playback. Playback smoothness is assessed by measuring freeze
frame rates, following the definition inWebRTC’s Statistics API [51].
When streaming FHD/Low video over 5G networks, we observe
an average 82× reduction in freeze frame rate. For the other two
scenarios over fixed broadband networks, the reductions exceed 8×
on average. Across all tested conditions, prioritizing video traffic
consistently maintains average freeze frame rates below 1%. These
results confirm that assigning second-tier priority to video traffic
effectively guarantees smoother video playback experience.

4.3 Content-Level Results
We have confirmed that our priority scheme significantly reduces
MTP latency. We now examine how this improvement translates
into enhanced quality-of-experience (QoE) by evaluating content-
level metrics.

We first assess position mismatch, defined in 3DoF systems as
the angular difference between user orientations at tracking and
decoding time. As shown in Figure 6, our scheme achieves zero
median mismatch under slow movement and reduces 95th and 99th
percentile mismatches by 2.5 − 7.8× and 1.8 − 6.4×, respectively.
For moderate and fast movement, gains increase further: median
reductions reach 2.1 − 11× in 5G networks and 1.5 − 15× in fixed
broadband networks; 95th and 99th percentile improvements range
from 3 − 7× and 2.5 − 4× for moderate movement, and 2.5 − 28×
and 4− 18× for fast movement. These results underscore a butterfly
effect, where small MTP latency differences can lead to amplified
content-level discrepancies, even at low movement speeds.

We further evaluate per-frame similarity between decoded and
reference videos, where the latter are rendered from ground-truth
user positions at decoding time. We evaluate two similarity metrics:
Structural Similarity Index Measure (SSIM) [53] and Peak Signal-to-
Noise Ratio (PSNR). Notably, each video pair is temporally synchro-
nized, ensuring that observed differences stem only from perspec-
tive projection effects. As shown in Figure 7, our scheme improves
SSIM by 12%−68% in 5G networks and 12%−80% in fixed broadband
networks, and improves PSNR by 10% − 80% and 37% − 93% in the
two networks, respectively. However, the improvements diminish
at higher movement speeds. This reflects a fundamental limitation
of SSIM and PSNR: they are designed to quantify quality degrada-
tion of identical content, not perceptual differences arising from
changes in perspective. We therefore view position mismatch as
a more appropriate QoE metric—but all three metrics validate the
effectiveness of prioritization on user experience.

4.4 Ablation Study
To gain a deeper understanding of how datagram prioritization
leverages cross-directional dependency to optimize realtime interac-
tive streaming, we conduct an ablation study to analyze the impact
of prioritization directions and the effective range of prioritization.
In this study, we focus on the streaming setting of FB/4K/Low.

Directional Impacts. In addition to duplex prioritization (w/ Pri)
and the baseline (w/o Pri), we evaluate two asymmetric schemes:
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Figure 6: CDFs of position mismatch under different movement speeds.
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Figure 7: CDFs of similarity scores under different movement speeds.
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prioritization on downstream, upstream, and both directions.

Host Guest
0

100
(a) Retransmission Rate (%)

Host Guest
0

2

(b) Key Frame Rate (%)
w/o Pri w/ Pri w/ Pri-D w/ Pri-U

Figure 9: Retransmission rates and key frame rates under
different prioritization directions.

300 600 900 1200
MTP Latency (ms)

15
20
25
30
35
40

Vi
de

o 
bi

tra
te

s (
M

bp
s)

(a) PDF of MTP Latency

w/o Pri
w/ Pri

[0, 50%]
(95%, 100%]

15 20 25 30 35 40
Video bitrates (Mbps)

0
2
4
6
8

(b) Freeze Frame Rate (%)

w/o Pri
w/ Pri

Figure 10: Transport-level results under different video en-
coding bitrates.

upstream-only (w/ Pri-U) and downstream-only (w/ Pri-D) data-
gram prioritization.3 As shown in Figure 8, enabling prioritiza-
tion solely on the upstream, the bottleneck direction, yields the
most significant gains, reducing median MTP latency and aver-
age freeze frame rate by 9× and 32×, respectively. In contrast,
downstream-only prioritization achieves 2× and 2.4× reductions.
These results confirm that microbursting issues primarily occur in
the constrained upstream. Interestingly, downstream prioritization
still helps despite the downstream link’s ample bandwidth (1 Gbps
vs. 30Mbps demand), indicating that burst-induced buffer overflows
can still occur under low bandwidth pressure. However, the mecha-
nisms of improvement differ between upstream and downstream
prioritization. To understand this distinction, Figure 9 presents
retransmission and key frame rates under all schemes.

In the downstream-only case, Host’s retransmission rate remains
similar to the baseline, as retransmission signals (ACKs) from Guest
are neither prioritized nor deprioritized. However, Host encodes
only half as many key frames, since its video datagrams are pri-
oritized over ACKs and thus delivered more promptly. This also
contributes to reduced MTP latency at the Guest. Meanwhile, Guest
experiences almost no retransmissions but shows elevated key
frame rates. This is because ACKs from Host are deprioritized, lead-
ing to frequent loss or delay of retransmission feedback and forcing
Guest to encode more key frames. As a result, burstiness on the
bandwidth-limited Guest-to-Host link worsens, partially offsetting
the gains in MTP latency.

In the upstream-only case, Guest’s MTP latency drops directly
due to the prioritization of its latency-sensitive tracking data. Freeze
frame rates also decrease, as Guest’s ACKs are mostly delayed
rather than dropped (§3.2), This is evidenced by Host’s near-zero
retransmission rate and similar key frame rate. Although Host’s key
frame rate slightly increases, Guest’s ample downstream bandwidth
absorbs the additional traffic from Host.
3w/ Pri-U and w/ Pri-D enable prioritization only on the Guest and Host, respectively.
These asymmetric schemes are unfair in symmetric setups, evaluated only for ablation.
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Effective Range. In fixed broadband networks (70 Mbps uplink),
we vary video bitrates from 15 to 40 Mbps to evaluate the effective
range of datagram prioritization. As shown in Figure 10, reductions
in MTP latency grow with the bandwidth surplus. Above 25 Mbps,
prioritization reduces medianMTP latency by 7–9×, 95th-percentile
latency by 1.3–10×, and freeze frame rates by 4–12×. Across all
bitrates, it consistently keeps median MTP latency below 103 ms
and freeze rates under 2%, demonstrating robustness. Even at 15
Mbps, it reduces 95th-percentile MTP latency by 10×, mitigating
microbursting under light loads.

5 Conclusion
In this paper, we identify the cross-directional dependency unique
to realtime interactive streaming. This insight motivates new opti-
mization directions: prioritizing critical traffic in both directions to
mitigate microbursting without added latency, and turning chaotic
congestion into a predictable process. We extend QUIC’s priority
system to support datagram prioritization, enhancing its multi-
plexing capability. To evaluate our design, we develop RISE, an
end-to-end testbed tailored for realtime interactive streaming with
diverse bidirectional traffic patterns. Extensive Internet-scale ex-
periments show up to 9.4×MTP latency reduction and 82× lower
freeze rates. Even under low bandwidth pressure, our prioritization
strategy consistently outperforms vanilla QUIC. Future work will
explore integrating FEC, adaptive priority, and middlebox coordi-
nation to further exploit cross-directional dependencies for more
demanding applications.
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