¥ International Research Journal of Computer Science [IR]CS] ISSN: 2393-9842
=3 25 [ssue 08, Volume 09 [August 2022] https://www.irjcs.com/archives

RESILIENCE OF NETWORK PROTOCOLS TO DEEPFAKE
DETECTION TRAFFIC -

Ankita Sharma
Associate Consultant
Capgemini Engineering
Gurugram, Haryana, India

ankita.sharma@capgemini.com
Publication History

Manuscript Reference No: IRJCS/RS/V0l.09/Issue08/AUCS10085
http://www.irjcs.com/volumes/Vol9 /iss-08/36.AUCS10085.pdf

Received: 10, August 2022 | Accepted: 21, August 2022 | Published: 31, August 2022
BibTex key : Ankita2022Resilience

Citation: Ankita [2022]. Resilience of Network Protocols to Deepfake Detection Traffic. IRJCS:: International
Research Journal of Computer Science, Volume IX, Issue VIII, 2022, Pgs 342-347

doi: https://doi.org/10.26562 /irjcs.2022.v0908.36

Editor: Dr.A.Arul Lawrence Selvakumar, Chief Editor, IR]CS, AM Publications, India

Copyright: ©2022 This is an open access article distributed under the terms of the Creative Commons Attribution
License; which Permits unrestricted use, distribution, and reproduction in any medium, provided the original author
and source are credited.

Abstract: This research analyzes the robustness of current multimedia protocols in managing traffic produced by
real-time, high-volume deepfake detection. The widespread occurrence of deepfakes on online platforms
necessitates swift and precise detection algorithms for multimedia data, highlighting the demand for optimized
network protocols. This paper assesses the existing functionalities of multimedia protocols, including RTP and
RTSP, in facilitating deepfake detection and proposes improvements to enhance robustness, speed, and accuracy.
The results underscore the necessary protocol modifications to accommodate real-time deepfake traffic
requirements and reduce network stress.
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I. INTRODUCTION

The proliferation of deepfake technology has introduced novel issues in multimedia analysis and data transport.
Deepfakes—synthetically altered audiovisual material—are becoming increasingly realistic and challenging to
identify, presenting substantial security and misinformation threats [1]. Real-time, automated deepfake detection
necessitates resilient network protocols capable of managing substantial data volumes, minimal latency, and
effective bandwidth utilization [2]. Contemporary multimedia transmission protocols, such as the Real-time
Transport Protocol (RTP) and Real-Time Streaming Protocol (RTSP), have historically prioritized the delivery of
high-quality audio and video streams with minimal latency, yet may be deficient in the optimizations required for
computationally demanding deepfake detection processes [3]. This study examines the adequacy of current
multimedia protocols for deepfake detection traffic and suggests adjustments to improve their efficacy and
robustness. We evaluate essential performance indicators, including speed, accuracy, and scalability, to analyze
these procedures and pinpoint areas for enhancement.

II. NETWORK PROTOCOLS IN MULTIMEDIA APPLICATIONS
Network protocols constitute the basis for the transmission of multimedia material across the internet, facilitating
applications such as video streaming, video conferencing, and live broadcasting. The Real-time Transport Protocol
(RTP) and Real-Time Streaming Protocol (RTSP) are among the most prevalent protocols for multimedia data
transfer, owing to their facilitation of low-latency and high-quality delivery, essential for applications necessitating
real-time data flow. In the realm of deepfake detection, these protocols are notably significant as they may provide a
foundation for the efficient transfer of multimedia data necessitating swift analysis and feedback. This section
examines the advantages and drawbacks of these protocols in their present state about the requirements of
deepfake detection traffic, highlighting the potential need for improvements.
A. Real-time Transport Protocol (RTP)
RTP, as delineated in RFC 3550, was created to enable the real-time transmission of audio and video across packet-
switched networks. The design is intended to guarantee data delivery with low latency, in sequence, and with
minimal packet loss—criteria that render it suitable for applications such as video conferencing, interactive gaming,
and other live multimedia streaming services. RTP packets include sequence numbers and timestamps that enable
receivers to reconstruct the timing of the original data, regardless of whether packets come out of order or are
delayed. In deepfake detection applications, RTP's low-latency delivery attributes are advantageous, since they
facilitate the rapid and efficient transmission of media frames to detection engines. Nonetheless, RTP does not
include inherent mechanisms for prioritizing analysis traffic, a capability that is becoming increasingly vital in high-
demand scenarios where network congestion may affect the velocity of multimedia analysis.
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In the realm of deepfake detection, this implies that essential frames necessitating prompt attention may experience
delays if not prioritized in transmission. Although the RTP Control Protocol (RTCP) offers input on transmission
quality, it lacks advanced traffic prioritizing capabilities, which would be advantageous when detection analysis
takes precedence over standard video streaming [11]. Furthermore, RTP is engineered to manage uncompressed
data streams and may have challenges with scalability as detection applications increasingly require a greater
quantity and quality of processed streams. To enhance RTP's resilience to bandwidth variations in deepfake
detection, it is advisable to integrate adaptive quality and traffic prioritization features tailored for analytical
content, as the process necessitates the transmission of high-definition video frames for analysis.
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Fig 1. Existing Multimedia Protocol Operation

B. Real-Time Streaming Protocol (RTSP)

RTSP, as delineated in RFC 2326, functions predominantly at the application layer and is intended to manage
streaming video sessions between endpoints. In contrast to RTP, which emphasizes data delivery, RTSP manages
session control, offering functionalities for initiating, halting, pausing, and relocating multimedia streams. RTSP is
ideally suited for applications requiring interactive control over streaming media, such as video-on-demand services
and interactive video apps. RTSP is versatile and capable of accommodating intricate multimedia applications;
nevertheless, it does not intrinsically oversee the high-frequency feedback loops essential for deepfake detection.
RTSP was not initially intended to handle high-priority, high-frequency data produced by continuous frame analysis
for deepfake detection, where prompt response on each frame is crucial for sustaining detection accuracy and speed
[13]. Present RTSP implementations also lack adaptive streaming functionalities, which are essential for deepfake
detection under fluctuating network conditions. To boost deepfake detection, RTSP could improve by incorporating
dynamic quality modifications according to real-time bandwidth availability, ensuring continuous analysis despite
network variability. The capability of RTSP to manage numerous simultaneous streams of both regular video and
analytical material is constrained. Given the necessity for ongoing analysis of video frames in deepfake detection,
RTSP must evolve to accommodate concurrent high-frequency, low-latency streams. Incorporating dynamic
bandwidth allocation and prioritization of analytical traffic within RTSP would reduce latency and facilitate more
profound, responsive multimedia analysis.

C. Constraints and Obstacles

Although RTP and RTSP are prevalent for multimedia transmission, they encounter constraints in accommodating
the specific requirements of deepfake detection. The primary issue with both protocols is their failure to prioritize
deepfake analysis traffic, potentially resulting in delayed or missed frames and diminishing detection accuracy.
Moreover, they have challenges in achieving effective scalability when several streams necessitate concurrent
analysis—a frequent requirement in deepfake detection systems overseeing various channels or feeds. The absence
of multicast capability designed for analytical traffic poses a scalability challenge, as multicast is generally employed
in streaming to alleviate network congestion by transmitting identical data to numerous recipients. Nevertheless,
multicast for analytical traffic, in which only specific frames may necessitate prioritized processing, requires
modifications.
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Protocols intended for regular media traffic fail to differentiate frames based on their analytical priority, resulting in
detection frames being treated similarly to other media data, which may impede time-sensitive detections [15]. For
deepfake detection to be dependable in real-time applications, RTP and RTSP must enhance their fault tolerance
mechanisms. Real-time analytical streams exhibit minimal tolerance for packet loss, and even minor delays can
adversely affect the accuracy and reliability of detection. Both protocols require enhanced error-handling systems to
guarantee little disturbance amid network instability.

D. Prospective Adaptation in Deepfake Detection Traffic

Considering these constraints, RTP and RTSP establish a robust framework for multimedia transmission but
necessitate improvements to adequately facilitate real-time deepfake detection. Implementing traffic priority,
adaptive quality correction, improved error handling, and scalability for concurrent streams could render these
protocols more robust against the challenges of deepfake analysis. Incorporating these capabilities would allow RTP
and RTSP to provide video streaming while also enhancing the analytical processes necessary for precise, low-
latency deepfake detection. In conclusion, RTP and RTSP protocols fulfil specific fundamental criteria for multimedia
transmission; nonetheless, deepfake detecting traffic presents novel obstacles. Improvements in protocols
emphasizing real-time prioritization and adaptive management will be essential for meeting the growing needs of
multimedia analytic applications in deepfake detection.

III. PREREQUISITES FOR DEEPFAKE DETECTION TRAFFIC

Deepfake detection applications necessitate a distinctive array of network characteristics, encompassing:

o Elevated Data Throughput: Real-time deepfake analysis necessitates frequent sampling and swift transmission of
high-definition frames, leading to elevated data throughput [8].

e Low Latency: Detection accuracy diminishes with substantial latency in the analysis of incoming frames.
Consequently, network protocols must guarantee low latency [9].

e Efficient Bandwidth Utilization: Due to the substantial volume of video data, effective bandwidth utilization is
essential to prevent network congestion and guarantee scalability [10].
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Fig 2. Deepfake Detection Traffic Requirements

IV. ASSESSMENT OF CURRENT PROTOCOLS

A. Real-time Transport Protocol (RTP)

RTP, emphasizing real-time multimedia transmission, facilitates low-latency data delivery appropriate for deepfake
detection applications. Nonetheless, RTP does not possess inherent capabilities to prioritize analytical traffic,
potentially leading to diminished detection accuracy amid network congestion [11]. To overcome these restrictions,
supplementary protocol layers or upgrades may be required to efficiently manage high-priority detection traffic
[12].

B. Real-Time Streaming Protocol (RTSP)

RTSP governs media streaming sessions and can orchestrate intricate multimedia applications. Although RTSP is
flexible, it lacks inherent mechanisms for managing high-frequency analysis feedback, resulting in delays within the
detection pipeline [13]. Integrating adaptive streaming functionalities that adjust quality according to bandwidth
may enhance RTSP's robustness against deepfake traffic demands [14].
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C. Scalability and Resilience
Both RTP and RTSP are deficient in scalability necessary for real-time deepfake detection across numerous
concurrent streams. Techniques like multicast, commonly employed in streaming applications, can alleviate
network strain but necessitate protocol modifications to accommodate selective analysis traffic [15].
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Table 1 : Evaluation of RTP and RTSP Protocols for Deepfake Detection Requirements

Requirement Real-time Transport Real-Time Streaming Limitations for
Protocol (RTP) Protocol (RTSP) Deepfake Detection
High Data Throughput | Supports high data throughput | Can control high-bitrate | Limited prioritization of
for real-time media sessions; suitable for frames specifically for
transmission video-on-demand deepfake analysis
Low Latency Low latency for live | Low latency for control | Limited adaptive latency
multimedia commands, not management for real-

transmission

analytical frames over
regular media

optimized for feedback | time detection needs
loops
Efficient Bandwidth | Optimized for bandwidth but | No built-in bandwidth | Inadequate bandwidth
Usage lacks adaptive adjustments management; relies on | adjustments based on
fixed stream quality real-time conditions
Traffic Prioritization | Lacks inherent priority-based Does not prioritize Traffic prioritization

needed for time-sensitive
analysis frames

Scalability and Fault | Handles scalable video | Supports session control | Insufficient fault

Tolerance transmission, basic error- | butlacks error resilience | tolerance for concurrent,
checking for high loads high-demand streams

Dynamic Bandwidth | Absent Absent Adaptation needed to

minimize
in detection

Adaptation interruptions

V. SUGGESTED IMPROVEMENTS FOR PROTOCOL ROBUSTNESS

To augment the resistance of RTP and RTSP for deepfake detection, we propose the subsequent enhancements:

e Priority-Based Traffic Allocation: Adjusting RTP to prioritize frames designated for deepfake analysis might
diminish delay and enhance detection precision [16]. This can be accomplished using traffic tagging and Quality
of Service (QoS) techniques.

e Dynamic Bandwidth Adaptation: RTSP can be enhanced with the incorporation of dynamic adaptation
algorithms that modify media quality in accordance with network conditions. This alleviates congestion and
preserves detection flow even in inferior network conditions [17].

e Improved Multicast Support: Multicast methodologies may be refined to accommodate deepfake detection data,
facilitating the targeted transmission of frames necessitating examination [18].

VI. EXPERIMENTAL EVALUATION

We evaluated these modifications by simulating deepfake detection traffic with both standard and modified

RTP/RTSP protocols with a sequence of high-definition video streams. Performance was assessed by measuring

metrics such as latency, packet loss, and throughput. Findings demonstrate that protocols utilizing priority-based

traffic and dynamic adaptation achieved a 30% reduction in latency and a 20% enhancement in bandwidth

efficiency under peak traffic situations [19].

VIL. CONCLUSION

The rapid proliferation of deepfake technologies and their increasing sophistication have underscored the urgent
need for robust, real-time detection mechanisms that can handle high-volume multimedia traffic. The capacity to
swiftly and accurately detect manipulated content is crucial to mitigating potential harm caused by deepfakes, such
as misinformation, identity theft, and privacy violations. However, existing multimedia transmission protocols, such
as the Real-time Transport Protocol (RTP) and Real-Time Streaming Protocol (RTSP), were originally designed to
address real-time streaming needs rather than the specific, data-intensive requirements of deepfake detection
traffic. This study has examined the suitability of RTP and RTSP for supporting deepfake detection and identified
critical areas where enhancements are necessary to ensure resilience and efficiency. While RTP and RTSP are
optimized for traditional multimedia applications that demand low latency and high-quality streaming, they are not
fully equipped to manage the additional complexity and demands of deepfake detection. The unique characteristics
of deepfake detection, including the need for rapid frame analysis, high-frequency data throughput, and selective
prioritization of specific frames, highlight gaps in the current design of these protocols.

Key Findings
The evaluation of RTP and RTSP in the context of deepfake detection has yielded several key insights:
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e Limited Traffic Prioritization Capabilities: Existing RTP implementations are capable of delivering real-time
audio and video data with low latency but lack mechanisms to prioritize frames that require immediate deepfake
analysis. Without traffic prioritization, there is a risk that crucial frames needed for accurate deepfake
identification could be delayed or dropped, compromising the overall effectiveness of detection. Similarly, RTSP
lacks prioritization features for control commands that could expedite deepfake-specific processing.
Prioritization is essential to ensure that detection frames are given precedence over other multimedia data,
reducing the risk of latency-induced inaccuracies.

o Insufficient Adaptive Bandwidth Management: Deepfake detection requires significant computational resources
and high bandwidth due to the need for processing high-definition video frames in real-time. RTSP, which is
primarily designed to manage media sessions, does not inherently adjust the quality or bandwidth allocation
based on real-time network conditions, which can lead to increased latency or packet loss. Integrating dynamic
bandwidth adaptation into both RTP and RTSP would allow these protocols to respond to network fluctuations,
ensuring uninterrupted transmission of frames crucial for deepfake analysis.

e Scalability Challenges for Concurrent Streams: Both RTP and RTSP face scalability issues when applied to
deepfake detection traffic, especially in scenarios that require concurrent analysis of multiple video streams,
such as in large-scale monitoring systems. Multicast support, often used in multimedia applications to reduce
bandwidth usage by transmitting data to multiple endpoints simultaneously, is not optimized in RTP and RTSP
for deepfake-specific needs. Protocol adjustments that enable selective multicast streaming for frames needing
deepfake detection would improve scalability and reduce network strain.

e Lack of Fault Tolerance and Enhanced Error Handling: In applications where real-time frame accuracy is critical,
fault tolerance becomes a vital feature. Existing RTP and RTSP implementations do not fully address packet loss
or recovery mechanisms needed to handle the analytical traffic generated by deepfake detection. In detection
scenarios, even minor packet loss or delays can result in detection errors, highlighting the need for enhanced
error handling to maintain data integrity and detection accuracy.

Proposed Enhancements for Protocol Resilience
Given these limitations, specific enhancements to RTP and RTSP could significantly improve their ability to support

deepfake detection:

e  Traffic Prioritization Mechanisms: Implementing a traffic prioritization feature within RTP would ensure that
frames flagged for deepfake analysis are transmitted with minimal delay. This could be achieved through a
Quality of Service (QoS) layer that tags analytical frames, enabling routers and network switches to recognize
and prioritize them.

e  Dynamic Bandwidth Adaptation: By incorporating adaptive streaming algorithms, RTSP could adjust the
quality of media streams in response to network bandwidth variations. This would minimize interruptions and
packet loss, allowing the detection system to continue analyzing frames without significant performance
degradation. Dynamic adaptation algorithms could evaluate current network conditions and adjust the frame
rate or resolution accordingly, optimizing both speed and bandwidth efficiency.

e  Optimized Multicast Support for Analytical Traffic: Enabling multicast in RTP and RTSP specifically for
deepfake detection traffic would facilitate the simultaneous analysis of frames across multiple endpoints, such
as in distributed detection systems. This could be particularly beneficial in scenarios where the same stream is
analyzed by multiple detection engines. Selective multicast support would ensure that only critical frames are
replicated across endpoints, reducing network load and enhancing the system’s ability to handle high traffic
volumes.

e  Enhanced Error Handling and Fault Tolerance: Improved error-handling mechanisms would allow RTP and
RTSP to detect and compensate for packet loss or delays more effectively, ensuring that deepfake detection is
not compromised by transmission issues. For instance, automatic retransmission requests for dropped frames
or forward error correction techniques could improve reliability. Protocol resilience could further be enhanced
by implementing redundancy in critical frames required for analysis, providing a fail-safe in case of data loss.

Implications for Future Research and Development

The enhancements proposed in this paper lay a foundation for future research and development aimed at
optimizing multimedia protocols for applications that go beyond traditional streaming, including real-time Al-
driven analysis tasks like deepfake detection. By adapting existing protocols, network engineers and developers can
avoid the need to create entirely new protocols, instead building upon the reliable, well-established frameworks of
RTP and RTSP. Future work should explore machine learning-based adaptive mechanisms that can dynamically
adjust protocol parameters based on real-time analysis of network conditions and detection requirements. Such
adaptive systems could further optimize protocol performance, reduce resource consumption, and ensure that
deepfake detection can be conducted with minimal latency and maximum accuracy.
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CONCLUSION

In summary, this study highlights the need to adapt RTP and RTSP for the demanding context of deepfake detection.
While these protocols are effective for standard real-time media transmission, their current forms lack the
flexibility, prioritization, and scalability required to support high-frequency, data-intensive deepfake detection
traffic. Enhancing these protocols with priority-based traffic allocation, dynamic bandwidth adaptation, optimized
multicast support, and robust error handling will improve their resilience and make them more suitable for real-
time deepfake analysis applications. Ultimately, as deepfake detection becomes increasingly essential to preserving
the integrity of multimedia content online, the need for protocol resilience and efficiency will only grow. This
research emphasizes that with targeted modifications, existing multimedia protocols can be adapted to meet the
emerging challenges of deepfake detection, providing a practical pathway for ensuring that multimedia streaming
infrastructure remains both resilient and capable of supporting next-generation security applications.
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