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Abstract

Network slicing technique enables a flexible and programmable network architecture. Mul-
tiple virtual networks (also known as network slices) are created over a shared physical
network for customized and fine-grained service provisioning. Due to the immersive view-
ing experience and enormous vertical markets, 360° virtual reality (VR) video streaming
service has attracted significant attention. Users wear a head-mounted display (HMD)
to enjoy spherical video content and freely change their viewing orientations during the
streaming. Delivering smooth and high-quality VR video content requires high end-to-end
(E2E) transmission rate and low latency, posing significant challenges to current mobile
networks. To reduce the requirement for a high transmission rate, a 360° video can be par-
titioned into multiple non-overlapping (temporal-spatial) video tiles, and only the video
tiles covered by the predicted field-of-view (FoV) are transmitted with high bitrate levels.
Nevertheless, tile-based 360° video streaming suffers from transmission rate fluctuations
and inevitable FoV prediction errors driven by viewing behavior dynamics (i.e., head move-
ments). Besides, encoded video tiles exhibit various properties in terms of transmission
priority, deadline, and reliability requirement. To support enhanced service provisioning
for tile-based 360° video streaming, requested video content needs to be efficiently delivered
by considering various video tile properties under network and viewing behavior dynamics.
Meanwhile, users must adaptively request video tiles and select bitrate levels based on
FoV prediction results and available transmission rate. In this thesis, we focus on E2E
enhancement for tile-based 360° video streaming service with core network slicing, where
VR video streaming slices are deployed in the core network to facilitate enhanced VR video
packet delivery.

First, we propose a customized transmission protocol based on Quick UDP Internet
Connections (QUIC) which operates over a VR video slice in the core network. The QUIC
protocol is tailored to accommodate the characteristics of tile-based VR video streaming
where explicit mapping relations between requested video tiles and QUIC streams are es-
tablished. Two customized in-network protocol functionalities including packet filtering
and caching-based packet retransmission are proposed, to filter out outdated video data
due to FoV prediction errors and to achieve efficient packet retransmissions with disparate
transmission reliability requirements. A slice-level packet header is designed to support
enhanced slice-based VR video packet transmission with the proposed protocol function-
alities.

Second, we develop a performance analytical model for layer-encoded video packet ser-
vices (i.e., processing or transmission) over a video streaming slice in the core network.
The disparate service reliability requirements of base layer (BL) and enhancement layer
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(EL) packets are considered in the analytical model for E2E packet delays, deadline viola-
tion probabilities, and throughputs of BL and EL packets. Specifically, a network function
virtualization (NFV) node along the routing path of the video streaming slice is split into
two consecutive logical nodes, one for packet processing and the other for transmission,
based on which a segment-based analysis framework is proposed for E2E service perfor-
mance modeling. A two-stage queuing model is established to obtain the approximate
steady-state probability distribution of queue length at the first node in the first segment,
upon which the BL/EL packet delay, deadline violation probability, and throughput at the
segment are derived. In addition, the inter-departure time of successive packets departing
from the first segment is analyzed based on an approximate M/D/1 system, and the packet
departure process at the first segment is approximated as a Poisson process under the as-
sumption of a large packet service rate of the first node. The independence between two
consecutive segments is then achieved for analysis tractability, based on which the E2E
performance measures are derived.

Lastly, we propose a two-step adaptive scheme for tile-based 360° video streaming to
support multi-user enhanced viewing quality-of-experience (QoE) in a time-slotted system.
Each video chunk is first prefetched based on the predictive FoV, and the FoV quality of
the chunk is then enhanced at a closer-to-playback time instant based on the updated
FoV prediction with improved accuracy. Both transmission-driven and device video super-
resolution (VSR)-driven methods are adaptively selected to enable device energy-efficient
chunk enhancement. At each time slot, the incremental QoE gain of each user is character-
ized via a time-difference approach, based on which the best candidate chunk is determined.
Then, a single-slot problem is formulated for maximizing the total incremental QoE gain
while minimizing the total device energy consumption. A particle swarm optimization
(PSO)-based iterative solution is proposed to obtain optimal bandwidth allocation, bitrate
level selection, and enhancement method selection for multiple users.

This research provides some insights in enhancing tile-based 360° VR video streaming
service provisioning, from both network-side and end device-side perspectives.
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Chapter 1

Introduction

1.1 Network Slicing-based Core Networks

Next-generation mobile networks are envisioned to support diverse emerging services and
applications with heterogeneous quality of service (QoS) requirements, such as immersive
communication and autonomous driving. Supporting the coexistence of these new appli-
cations over a common physical substrate infrastructure with QoS satisfaction requires
a flexible and programmable network architecture. The concept of network slicing then
comes into play, where software-defined networking (SDN) and network function virtu-
alization (NFV) are two key enabling technologies [I]. They achieve agile and scalable
service deployment and network management.

SDN decouples control functions from network nodes (e.g., switches), which are in-
tegrated into a logical centralized controller (in the control plane) with the global view
over an underlying physical network. The data plane is simplified with programmable
switches connected to the SDN controller. With the softwarized global control, the SDN
controller can establish optimal E2E routing paths for different service traffic flows to ef-
ficiently utilize link transmission resources and alleviate network congestion. Besides, the
SDN controller collects network state information (e.g., traffic loads) from the underlying
SDN switches and instructs data forwarding and processing operations with in-network
awareness, via southbound protocols such as the OpenFlow [2]. On the other hand, NFV
is a complementary technology to enable elastic and cost-effective network function de-
ployment. Functions from dedicated hardware are decoupled as virtual network functions
(VNFs) hosted in virtual machines on commodity servers (or NF'V nodes). With SDN and
NFV, multiple virtual networks, also known as network slices, can be created over a shared
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physical network with dedicated resources (e.g., processing and transmission resources) for
supporting different services [3]. Fig. 1.1 shows an SDN/NFV-enabled core network. Each
service is described by a service function chain (SFC) which is a specific sequence of VNFs
interconnected in a predefined order. Each SFC is embedded in the core network by the
SDN/NFEV controller to create a core network slice for supporting a particular service.
Specifically, the virtual network topology of the slice is configured. Dedicated processing
and link transmission resources are reserved on NFV nodes and physical links along the
routing path of the slice for data packet processing and transmission, respectively [1, 5].
In addition, within the network slice for a particular service, customized protocol function-
alities can be deployed on specific network nodes, such as an NFV node or an SDN edge
switch. These customized protocol functionalities enable in-network fine-grained transmis-
sion control and support enhanced service provisioning without affecting other services.

1.2 Adaptive Tile-based 360° Video Streaming

In traditional (on-demand) video streaming, the viewing area is predetermined, and the
viewing orientation is thus fixed. In contrast, in 360° virtual reality (VR) video streaming,
users (or video clients) wear a head-mounted display (HMD) to watch a panoramic (spher-
ical) video and can freely switch their viewing orientations during the streaming. Due to
immersive viewing experience and enormous vertical markets, such as entertainment and
remote education [0, 7, &, 360° video streaming has attracted significant attention from
both academia and industry. It is forecasted that the number of HMDs and other types
of mobile VR devices will reach over 110 million by 2026 [9]. Due to the large area of
omni-directional video content, a 360° video has the data size typically 4-6 times larger
than a conventional video at an equivalent quality. Supporting smooth and high-quality
streaming of a 360° video requires extremely high end-to-end (E2E) transmission rate
(e.g., 400 Mbps) and poses significant challenges to current mobile networks [10, 11]. As
a user watches only part of a 360° video at any time instant due to the limited span of an
HMD (e.g., 120° x 120°), referred to as field-of-view (FoV), the tile-based 360°/VR video
streaming has been proposed to reduce the high demand on transmission rate [0].

Fig. 1.2 shows a general tile-based E2E 360° video streaming system with emphasis
on the end sides. At the server side, raw 360° videos are projected onto a 2D video
plane using techniques such as the equirectangular projection (ERP). Each 360° video
is first temporally divided into a sequence of video chunks (or segments), each with a
playback time of typically 2-10 seconds. Then, each video chunk is spatially partitioned
into multiple non-overlapping video tiles. Each tile is further independently encoded into
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Figure 1.2: A general tile-based E2E 360° video streaming system.

multiple representations or interdependent layers with different bitrate (or quality) levels
to support adaptive tile-based streaming.

At the user side, head movements are tracked by the HMD for FoV prediction, which
is a critical module in tile-based adaptive 360° video streaming [0, 12, 13, 14, 15]. When
a user requests a video chunk, the FoV of the chunk is first predicted. Then, based on the
predicted FoV and the estimated transmission rate, the user selectively requests a set of
video tiles with different bitrate levels. Generally, the priority of a video tile being requested
depends on its likelihood of being watched by the user. More transmission resources are
allocated to deliver the video tiles covered by the predicted FoV than the peripheral tiles
outside the predicted FoV. Nevertheless, FoV prediction and downloading of a video chunk
are conducted before it is played. The predicted FoV may diverge from the real one due
to the inevitable prediction errors caused by user viewing behavior dynamics, especially
when the prediction time gap is large.

Throughout this thesis, we consider slice- and tile-based E2E adaptive 360° video
streaming, where video streaming slices are pre-deployed in a core network to support
enhanced service provisioning.

1.3 Research Objectives

Tile-based adaptive 360° video streaming suffers from transmission rate fluctuations and
inevitable FoV prediction errors. To support enhanced provisioning of 360° video stream-
ing service, two fundamental questions need to be answered: (1) How requested video tiles
should be efficiently delivered from remote video servers to users under viewing behavior



and network dynamics (e.g., sudden head movements and random packet loss); (2) How
to request video tiles and select bitrate levels based on the predicted FoV and the avail-
able transmission rate to enhance user viewing quality-of-experience (QoE). Specifically,
encoded video tiles exhibit various properties in terms of transmission priority, deadline,
and reliability requirement. A supporting transmission protocol is imperative to efficiently
deliver requested video tiles to a user, which incorporates various video tile properties
while adapting to network and viewing behavior dynamics. In addition, an analytical
model is essential to evaluate the performance of slice-based video packet transmission.
The analytical model can be used to optimize the configuration of a video streaming slice
for service-level QoS guarantee in the long run. Finally, under transmission rate varia-
tions, a user needs to adaptively select bitrate levels for requested video tiles to balance
between video playback smoothness and video quality. Moreover, transmission resources
are not efficiently utilized when the FoV prediction accuracy is low, as the predictive FoV
tiles normally assigned with high bitrate levels may not be actually watched by the user.
Hence, an adaptive streaming scheme is needed. The streaming scheme adaptively selects
bitrate levels while considering the impact of FoV prediction accuracy on user perceived
FoV quality for user viewing QoE optimization.

In this PhD research, we investigate E2E service performance enhancement for tile-
based adaptive 360° video streaming from video servers on the Internet to users. Specif-
ically, we study three research problems. In the first problem, we focus on transmission
protocol customization over a VR video streaming slice based on the Quick UDP Internet
Connections (QUIC) protocol. In the second problem, we study E2E performance ana-
lytical modeling for slice-based video packet transmission. For the first two problems, we
focus on downlink slice-level video packet transmission over a core network. In the third
research problem, we focus on the radio access network (RAN) domain and investigate
adaptive streaming scheme design. Both downlink wireless video data transmission and
uplink video content requests are jointly considered.

1.3.1 Customized Transmission Protocol for Tile-based 360° Video
Streaming over Core Network Slices

Encoded video tiles have various properties in terms of transmission priority, deadline, and
reliability requirement, which are expected to be supported by the underlying operating
transport protocol. With scalable high-efficiency video encoding (SHVC), each video tile is
encoded into one base layer (BL) and multiple enhancement layers (ELs) [16]. BL ensures
video playback smoothness with a basic quality, which is an essential layer of decoding and



can be decoded independently. ELs increase the encoding bitrate and provide improved
quality. An EL can be decoded only if the BL. and all lower-layer ELs are decoded. Thus,
BL tiles have a higher transmission priority than EL tiles. Each BL/EL tile has a strict
deadline to be delivered. Especially, when viewers suddenly rotate heads, additional urgent
video tiles need to be requested with a small deadline to compensate for the current viewing
experience, referred to as the motion-to-photon (MTP) latency requirement (usually less
than 25 ms [17]). Moreover, BL packets have a higher transmission reliability requirement
than EL packets. BL packets need to be reliably transmitted to avoid black spots in the FoV
or long video stall time. Deadline-violated EL packets can be directly discarded without
retransmissions for congestion alleviation and high transmission efficiency [18]. In addition,
tile-based 360° video streaming suffers from viewing behavior dynamics constantly driven
by head movements, causing FoV prediction errors. En-route VR video packets may contain
outdated video data which should be dropped for transmission efficiency.

To support efficient VR video data transmission, a customized transmission protocol is
imperative. In a slice-based core network, a VR video streaming slice can be deployed to
support enhanced service provisioning. Customized protocol functionalities and operations
can be implemented to realize prompt in-network transmission control. In Problem I, we
aim to develop a customized slice-level transmission protocol based on QUIC for tile-based
360° video streaming. The proposed transmission protocol will support various VR video
packet properties and promptly react to network and viewing behavior dynamics to achieve
enhanced slice-level VR video packet transmission.

1.3.2 E2E Performance Modeling for Slice-Based Video Stream-
ing with Layered Encoding

To evaluate the performance of slice-based and layer-encoded video packet transmission, an
E2E performance analytical model is essential, which analyzes E2E packet delay, deadline
violation probability, and throughput. Deadline violation probability is a critical perfor-
mance metric for layer-encoded video streaming. This is because video packets delivered
within an average delay bound may not always improve video playback smoothness or
quality due to deadline violations. In addition, the analytical model is also helpful in de-
termining key transport parameters of customized protocol functionalities implemented in
the video streaming slice.

The challenges in the E2E analytical modeling mainly come from two parts. First, the
packet service (i.e., processing or transmission) performance at one node is challenging to
analyze due to the disparate service reliability requirements of BL. and EL packets. Due to



the deadline-violated EL packet dropping, arriving BL. and EL packets at a single node may
undergo different service processes, resulting in disparate average performance. Second,
packet service performance at each intermediate node is closely correlated to its preceding
node. Specifically, the packet arrival process at the node depends on the packet departure
process of its preceding node. As deadline-violated EL packets are directly dropped at
each node without being forwarded to the next node, packet service processes at different
nodes may be different. It is intractable to analyze the packet service performance of every
node in a multi-hop packet service setting.

In Problem II, we aim to develop an E2E performance analytical model for slice-based
and layer-encoded multi-hop video packet transmission. The impact of disparate service
reliability requirements of BL. and EL packets and the correlations between consecutive
service nodes are studied in the E2E analytical modeling.

1.3.3 Energy-Efficient Multi-User Adaptive 360° Video Stream-
ing with Device Video Super-Resolution

Tile-based adaptive 360° video streaming suffers from transmission rate fluctuations and
inevitable FoV prediction errors, which affect user perceived FoV quality. Maintaining a
large playback buffer occupancy ensures high video playback smoothness, whereas reducing
the FoV prediction accuracy due to a large prediction time gap. In this case, predictive
FoV tiles assigned with high bitrate levels may not be actually watched by the user due
to high FoV prediction errors, leading to low transmission rate utilization and perceived
FoV quality. Conversely, the FoV prediction accuracy becomes high when the playback
buffer occupancy is small due to a short prediction time gap. Transmission resources
can be efficiently utilized to deliver predictive FoV tiles with high bitrate levels, at the
risk of video stalling under transmission rate fluctuations. Thus, an adaptive streaming
scheme is critical, which balances video playback smoothness and perceived FoV quality
by considering the impact of FoV prediction accuracy on user perceived FoV quality. On
the other hand, the technique of video super-resolution (VSR) can be exploited to further
enhance video tile quality, while breaking the strong dependency between user viewing
QoE and available transmission rate [19]. A video tile with a low bitrate level can be
transmitted by a remote server first. Then, leveraging the computing capability of an
edge server and/or a user device, it can be reconstructed into a higher bitrate level. This
approach reduces transmission time but incurs additional reconstruction time and device
energy consumption.

In Problem III, we aim to design an adaptive scheme for tile-based 360° video streaming



to support enhanced multi-user viewing QoE. The adaptive streaming scheme will capture
the impact of FoV prediction accuracy on user perceived FoV quality. It will also incorpo-
rate the merits of device-VSR~assisted FoV quality enhancement while considering device
energy consumption.

1.4 Research Contributions

In this section, we present the research contributions for each research problem.

1.4.1 Customized Transmission Protocol for Tile-based 360° Video
Streaming over Core Network Slices

In Chapter 2, we present a customized slice-level transmission protocol based on QUIC to
achieve enhanced VR video packet delivery [20]. Specifically, the QUIC protocol is tailored
to accommodate the characteristics of tile-based 360° video streaming. An explicit one-to-
one mapping between requested EL tiles and QUIC streams is established. The behaviors of
stream multiplexing and QUIC packet assembly at the server side are modified accordingly.
Besides, two customized protocol functionalities are designed, including packet filtering and
caching-based packet retransmission. The packet filtering functionality removes outdated
video data due to FoV prediction errors in prompt response to viewing behavior dynamics
(i.e., head movements). The caching-based packet retransmission functionality conducts
efficient packet loss recovery according to disparate reliability requirements. A slice-level
packet header is designed to support enhanced slice-based VR video packet transmission
with the proposed protocol functionalities. The main contributions are summarized as
follows.

e The QUIC protocol is tailored to better support the tile-based 360° VR video stream-
ing service. Explicit mapping relations are established between requested video tiles
with various properties and QUIC streams;

e (Customized protocol functionalities including packet filtering and caching-based packet
retransmission are proposed to support responsive and efficient transmission control.
A slice-level packet header is designed to support enhanced VR video packet trans-
mission with the proposed protocol functionalities;

e Key transport parameters in the proposed transmission protocol are determined via
analytical modeling.



1.4.2 E2E Performance Modeling for Slice-Based Video Stream-
ing with Layered Encoding

In Chapter 3, we present an E2FE service performance modeling for layer-encoded video traf-
fic traversing a video streaming slice in the core network. The discrepant service reliability
requirements of BL and EL packets are considered in the analytical modeling [21]. Specif-
ically, each NFV node along the routing path of the video streaming slice is split into two
consecutive logical nodes, one for packet processing and the other for packet transmission.
The E2E packet processing and transmission over the video streaming slice is abstracted as
a multi-hop packet service process with different service reliability requirements. Based on
the analysis of the correlations between two consecutive nodes, a segment-based analysis
framework is proposed. Within each segment, a two-stage queuing model is established to
obtain the approximate steady-state probability distribution of queue length at the first
node. Then, the BL/EL packet delay, deadline violation probability, and throughput at
the segment are analyzed. In addition, the departure process from a segment is discussed
based on an approximated M/D/1 queuing system, upon which the E2E performance is
analyzed. The main contributions are summarized as follows.

e A segment-based analysis framework is proposed for E2E service performance model-
ing of slice-based video streaming with layered encoding. A two-stage queuing model
is established to derive the approximate steady-state probability distribution of queue
length at the first node in each segment;

e The departure process of successive packets departing from a segment is analyzed
as a mixed process alternating between Poisson and deterministic processes. The
independence between two consecutive segments is achieved under the assumption of
a large packet service rate of the first node in the preceding segment for E2E analysis
tractability;

e The proposed performance analytical model analyzes the E2E BL/EL packet delay,
deadline violation probability, and throughput between the pair of ingress and egress
nodes of a video streaming slice.

1.4.3 Energy-Efficient Multi-User Adaptive 360° Video Stream-
ing with Device Video Super-Resolution

In Chapter 4, we propose a two-step adaptive scheme for tile-based 360° video streaming to
support enhanced multi-user viewing QoE in a time-slotted system [22]. Each video chunk
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is first prefetched based on the predictive FoV and then enhanced at a closer-to-playback
time instant based on the updated and more accurate FoV prediction. Transmission-
driven and device-VSR~driven methods are proposed, which are adaptively enabled for
device energy-efficient FoV quality enhancement. To determine when to prefetch a new
video chunk or enhance a prefetched chunk, a time-difference approach is applied for user
viewing Qo characterization. A single-shot problem is then formulated for maximizing
the total incremental QoE gain while minimizing the total device energy consumption. A
practical particle swarm optimization (PSO)-based algorithm is developed to determine the
per-slot optimal decisions of bandwidth allocation, bitrate level selection, and enhancement
method selection for each user. The main contributions are summarized as follows.

o A two-step adaptive streaming scheme is proposed to achieve enhanced 360° video
viewing QoE, which captures the impact of FoV prediction accuracy on user perceived
FoV quality. Both transmission-driven and device-VSR~driven methods are proposed
and adaptively enabled to achieve device energy-efficient FoV quality enhancement;

e The incremental QoE gain of each user is characterized via a time-difference approach.
The best candidate chunk of each user is then determined, which balances the tradeoff
between video playback smoothness and perceived FoV quality;

e A single-slot problem is formulated for maximizing the total incremental QoE gain
while minimizing the total device energy consumption. It is decomposed into multiple
independent per-user subproblems given bandwidth allocation decisions. A PSO-
based algorithm is developed to obtain the optimal bandwidth allocation, bitrate
level selection, and enhancement method selection decisions for multiple users at
each slot.

1.5 Thesis Outline

The rest of this thesis is organized as follows. The three research problems are presented
in Chapters 2, 3, and 4, respectively.

In Chapter 2, Section 2.1 presents the system model under the consideration of Problem
[. The main designs in developing our customized slice-level transmission protocol and
the corresponding E2E VR video transmission process are discussed in Section 2.2. In
Section 2.3, key transport parameters in the proposed transmission protocol are determined
via theoretical analysis. Performance evaluation of the proposed transmission protocol is
presented in Section 2.4, and a summary for this chapter is presented in Section 2.5.
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In Chapter 3, the considered system model of Problem II is described in Section 3.1.
Section 3.2 presents our proposed E2E performance analytical model for video packet
services over a video streaming slice with layered encoding. Simulation results are discussed
in Section 3.3, and a summary for this chapter is given in Section 3.4. In Chapter 4, the
considered system model for Problem III is provided in Section 4.1. Section 4.2 first
presents the user viewing QoE characterization and then the problem formulation. The
proposed PSO-based solution is presented in Section 4.3. Simulation results are discussed
in Section 4.4, and a summary for this chapter is given in Section 4.5. Finally, concluding
remarks are drawn and future research directions are discussed in Chapter 5.
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Chapter 2

Customized Transmission Protocol
for Tile-based 360° VR Video
Streaming over Core Network Slices

Tile-based 360° VR video streaming suffers from inevitable FoV prediction errors driven
by viewing behavior dynamics (i.e., constant head movements). Meanwhile, encoded video
tiles have various properties in terms of transmission priority, deadline, and reliability re-
quirement. Thus, a supporting transmission protocol is imperative for efficient VR video
packet transmission while adapting to network and viewing behavior dynamics (e.g., ran-
dom packet loss).

Existing studies on protocol design conduct prioritized transmission scheduling among
requested video tiles at the user side or at the server side. For example, at the user side,
considering the importance of video smoothness over video quality, BL tiles are always
downloaded first until a preset upper bound of playback buffer occupancy is reached [23].
When a viewer’s future FoV is not correctly predicted, new instant EL tiles for the up-
dated FoV are immediately requested before the predictive EL tiles [24]. At the server
side, different schedulers are developed to schedule and transmit requested video tiles to
a video client. The proposed schedulers determine and update the scheduling priorities
of the requested video tiles and schedule the transmission according to their scheduling
priorities. The scheduling priority is usually determined by considering each requested
video tile’s priority, playback deadline, remaining size, and current network conditions
[25, 26, 27]. In addition, the stream multiplexing and scheduling features that are natu-
rally supported in the QUIC protocol can be leveraged to achieve prioritized transmissions
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among requested video tiles [28, 29]. In a QUIC connection, multiple video tiles can be
concurrently requested via different QUIC streams. Different scheduling policies can be
flexibly designed at the server side to determine how streams are multiplexed and sched-
uled for different transmission purposes. For example, when viewers suddenly rotate their
heads, QUIC allows the server to quickly send urgent video tiles with a high priority to
mitigate the negative impacts due to missing tiles (e.g., motion sickness) [30]. QUIC also
provides flexible stream-level transmission control through sending signaling frames such as
RESET_STREAM and STOP_SENDING frames to adapt to viewing behavior dynamics.
Most existing works focus on improving protocol operations at end hosts to enhance the
video transmission performance, which may lead to slow responsiveness to network and
viewing behavior dynamics.

Under the SDN/NFV framework in a slice-based core network, flexible and prompt
transmission control can be realized with in-network awareness. Specifically, SDN switches,
as configured by an SDN controller, can achieve early congestion detection and throttle the
sending rate by modifying the Receive Window field in a Transmission Control Protocol
(TCP) acknowledgement (ACK) packet or by selectively discarding packets of different
traffic flows to trigger fast retransmission [31, 32]. With the NFV technology, customized
protocol functionalities can be deployed at in-network nodes to realize in-network trans-
mission control for enhancing the E2E transmission performance of a particular service
[33, 34]. For example, for delay-sensitive and loss-tolerant 2D video streaming service, a
selective caching function is deployed at an ingress node of a 5G core network to adaptively
cache EL packets for alleviating network congestion with limited video quality degrada-
tion [35]. The cached EL packets are resumed transmissions when network conditions are
better.

We consider an SDN/NFV-based E2E transmission network where a VR video (stream-
ing) slice is deployed between each pair of ingress and egress nodes in the core network.
The QUIC protocol is adopted as the base transport protocol for E2E video transmission.
For the tile-based 360° VR video streaming service, several research issues regarding trans-
port protocol design should be investigated. First, various video tile properties should be
accommodated in protocol operations. Optional header fields are thus needed in the QUIC
packet header to indicate each VR video packet’s properties. Video tiles with disparate
properties should not be transmitted over the same QUIC stream(s), and only data of
video tiles with the same properties should be multiplexed in a QUIC packet. Correspond-
ingly, the mapping relations between requested video tiles and QUIC streams should be
determined, and how to conduct streaming multiplexing and QUIC packet assembly needs
to be revisited. Second, a slice-level transmission scheme should be designed to support
enhanced video transmission over a VR video slice, where differentiated packet loss recov-
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ery mechanisms are required for BL and EL packets. In addition, when viewers suddenly
rotate heads causing FoV prediction errors, some requested video tiles for the previously
predicted FoV become outdated. En-route VR video packets may contain outdated video
data which should be dropped to save transmission resources.

In this chapter, we propose a customized slice-level transmission protocol based on
QUIC. The QUIC protocol is tailored to accommodate the characteristics of tile-based VR
video streaming. An explicit one-to-one mapping between requested EL tiles and QUIC
streams is established, and the behaviors of stream multiplexing and QUIC packet assem-
bly at the server side are modified accordingly. Two customized protocol functionalities
are designed, including packet filtering and caching-based packet retransmission, to filter
out outdated video data in prompt response to viewing behavior dynamics and to per-
form efficient packet retransmission with disparate transmission reliability requirements.
A slice-level packet header is designed to support enhanced slice-based VR video packet
transmission with the proposed protocol functionalities. Simulation results demonstrate
the effectiveness of our proposed transmission protocol in achieving short average video
segment downloading time and high average video segment quality.

2.1 System Model

2.1.1 Network Model

An SDN/NFV-based E2E transmission network is considered to support (on-demand) 360°
VR video streaming service delivered from remote VR video servers to video clients. As
shown in Fig. 2.1, Geographically adjacent video clients connect via different base sta-
tions (e.g., gNodeBs) to an edge node (e.g., an egress edge switch of its connected core
network). Egress and ingress edge switches (referred to as nodes) are located in between
the RAN domain and the core network and in between the core network and the Internet,
respectively. Ingress and egress nodes host advanced traffic management functions and
are deployed by a mobile operator that provides network support for the provisioning of
the 360° VR video streaming service. SDN switches including ingress and egress nodes
are physically (may not be directly) connected to the SDN/NFV controller. The logical
centralized SDN/NFV controller in the control plane has a global view over the underlying
core network, and communicates with programmable SDN switches including ingress and
egress nodes in the data plane via southbound protocols such as the OpenFlow [2]. Under
the SDN/NFV architecture, multiple virtual networks or network slices are instantiated
over the shared core network for supporting diversified services. Specifically, a VR video
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Figure 2.1: The SDN/NFV-based E2E transmission network scenario.

slice is deployed between each pair of ingress and egress nodes in the core network for sup-
porting aggregated VR video traffic. For each VR video slice, a dedicated virtual network
topology (assumed linear for simplicity) is configured by the SDN/NFV controller [30],
where W — 1 intermediate SDN switches {s1, ..., sw_1} between a pair of ingress (so) and
egress (sy) nodes are interconnected by W transmission links, denoted by {lo, ..., lw_1}.
Virtual network resources including link transmission resources and processing resources
are reserved at physical links and programmable switches along the route for data trans-
mission and processing. Customized protocol functionalities are enabled at network nodes
within each slice to achieve finer-grained VR video service provisioning.

E2E VR video transmission traverses three network segments: (i) from a VR video
server on the Internet to an ingress node, (ii) over a VR video slice, and (iii) from the
egress node of the VR video slice to a video client. Here, we focus on the core network and
aim to develop a slice-level transmission protocol for supporting enhanced VR video data
transmission which operates over a VR video (core network) slice. We adopt QUIC as our
protocol design base for E2E video data transmission due to its superiority in achieving
reduced E2E connection establishment latency and in stream multiplexing with flexible
stream-level transmission control [37].
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Figure 2.2: Tile-based layered VR video encoding.

2.1.2 Video Traffic Model

As shown in Fig. 2.2, a VR video is temporally divided into a sequence of video segments,
each with a playback time of typically 2-10 seconds. Each video segment is spatially
partitioned into multiple non-overlapping video tiles. Each temporal-spatial video tile is
encoded into multiple interdependent layers for adaptive streaming under network trans-
mission rate variations. Specifically, each video tile is encoded into one BL and multiple
ELs. BL tiles ensure video playback smoothness and provide basic video quality. Each BL
packet is required to be delivered with high reliability, and BL packet losses result in video
rebuffering. EL video tiles provide improved video quality and can be decoded only if the
corresponding BL tiles are decoded. EL packets can be discarded with low reliability for
congestion alleviation, without affecting the video playback smoothness. Therefore, BL
packets have a higher transmission priority and reliability requirement than EL packets.
The scalable and layered video tile encoding provides additional flexibility in response to
network and viewing behavior dynamics in small timescales due to the disparate transmis-
sion reliability requirements of BL and EL packets [35].

Suppose that encoded VR videos are stored on remote servers on the Internet. Video
clients progressively download video content from remote servers on a video segment basis.
For each segment downloading, an HMD selectively requests a set of video tiles with
different numbers of encoding layers, based on factors such as the estimated throughput,
tracked head/viewpoint movement trajectory, and playback buffer occupancy, etc. An
HMD sends additional urgent requests after sudden head movements during watching a
video segment and/or when FoV prediction errors are identified. Here, we consider that
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each VR video server streams full-view BL for video robustness and EL tiles covering a
client’s FoV.

2.1.3 Main Protocol Functionalities

To support enhanced VR video transmission by accommodating various VR video packet
properties and by adapting to viewing behavior dynamics, two customized protocol func-
tionalities are proposed.

1) Packet Filtering: When an FoV prediction error occurs due to sudden head move-
ments, previously requested video content may deviate from the updated predicted FoV.
In this case, additional urgent EL tiles should be requested. As en-route VR video packets
may contain outdated EL video data for streaming the previously predicted FoV, a packet
filtering function is designed to promptly remove outdated video data that is no longer
needed by clients, which saves transmission resources while adapting to viewing behavior
dynamics. Given the deployment and time costs for packet filtering operations, we consider
that the packet filtering function is enabled at only the ingress and egress nodes of a VR
video slice. The ingress and egress nodes are equipped with the capability of higher-layer
protocol header parsing to identify video data packets containing outdated video data.

2) Caching-based Packet Retransmission: We consider that the ingress node has a
caching buffer for aggregated VR video traffic of each VR video slice. The ingress node
temporarily stores copies of VR video packets sent but not acknowledged in the caching
buffer for possible retransmissions. The egress node detects any random BL/EL packet
loss occurring in the core network and triggers retransmission from the ingress node by
using the cached packet copy in the caching buffer, instead of from a remote server to
achieve lower packet retransmission delay. In addition, due to the disparate transmission
reliability requirements, deadline-violated BL packets are not dropped, and lost BL: pack-
ets are retransmitted to avoid video rebuffering. Deadline-violated EL packets should be
directly dropped without retransmissions. Therefore, separate packet loss detection and
retransmission mechanisms are designed for BL. and EL packets, respectively, where the
capability of differentiating EL packet losses due to deadline violations from those due to
random link failures is realized at the egress node.

In addition, due to the limited capacity, caching buffer release is necessary to avoid
buffer overflow. We consider two ways of releasing the cached packet copies in the caching
buffer of the ingress node: event-driven and time-based. Specifically, caching buffer release
can be triggered upon receiving a retransmission request by the ingress node (i.e., event-
driven). If no retransmission request reception from the egress node for a certain time, a
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Figure 2.3: Tailored QUIC with tile-to-stream mappings.

timeout timer is set at the ingress node to periodically release the cached packet copies in
the caching buffer (i.e., time-based). The detailed designs and workflows of the proposed
two protocol functionalities are discussed in the next section.

2.2 Protocol Customization for VR Video Transmis-
sion

In this section, we elaborate on our main designs in developing the customized slice-level
transmission protocol for supporting enhanced VR video data transmission and describe
the E2E VR video transmission process with our proposed protocol.

2.2.1 Tailored QUIC

To support finer-grained QoS for 360° VR video streaming by accommodating various VR
video packet properties (i.e., transmission priority, deadline, and reliability requirement)
and adapting to viewer viewing behavior dynamics, we first revisit the QUIC protocol and
tailor it from the following three aspects:
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e Mapping relations between streams in a QUIC connection and requested video tiles
by a client (or an HMD) are established. As shown in Fig. 2.3, a one-to-one mapping
between each EL tile and each QUIC stream is established, and a separate set of
streams is used to transmit full-view BL. This is achieved by using one stream to
carry only one EL tile request and using different streams to carry BL tile requests.
Assume the mapping relations between streams and video tiles are known and kept at
both the HMD and the server communicating with each other. With the established
tile-to-stream mappings, operations to a specific video tile are realized by controlling
the data transmission over its corresponding stream, which is helpful for adapting to
viewing behavior dynamics caused by head movements.

e Multiple stream groups, each of which consists of the streams corresponding to the
requested video tiles of the same (BL/EL) layer, are formed for QUIC packet as-
sembly. One stream group is selected each time to assemble a QUIC packet where
round-robin is conducted among the streams within the same group for filling each
STREAM frame in a QUIC packet. The approach proposed in [26] can be applied to
decide which stream group is selected to assemble a QUIC packet where a block in
[20] represents a stream group in our case. By doing so, STREAM frames (or video
data) assembled in a QUIC packet come from the requested video tiles with the same
properties. Video data of different encoding layers is assembled into different types
of video packets, including regular BL/EL packets and urgent EL packets; thus, the
same set of operations can be enforced on each type of packets.

e Three optional fields, Timestamp (TS), Deadline (DDL), and Priority, are added
to the QUIC packet header to indicate each packet’s transmission priority (i.e., a
BL or an EL packet) and deadline [38]. Specifically, the TS and DDL fields are
used to record the time when a packet is generated and its transmission deadline,
respectively. For uplink transmission, the Priority field of each video request packet
is set to 1 for requesting regular video tiles after a video segment downloading is
finished and is set to 2 for requesting urgent EL tiles when sudden head movements
and/or FoV prediction errors occur. For downlink transmission, the Priority field of
a BL packet is set to 1, and for an EL packet from the (n — 1)th EL, its priority is
set ton (n > 1).

Note that a video server can be aware of the usage of optional header fields when
a user initiates a streaming request and establishes an E2E QUIC connection with the
server. The video server independently conducts prioritized transmission scheduling among
different stream groups. The tile-to-stream mappings between the server and the user are
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maintained and updated along progressive video tile requests until the streaming session
is completed.

2.2.2 Connection Establishment

Before video data transmission begins, an E2E QUIC connection needs to be established
between an HMD and a VR video server. The SDN/NFV controller with a global view
over the physical (core) network can check path availability for two-way communications
between a pair of ingress and egress nodes. It configures a network slice and activates cus-
tomized protocol functionalities (e.g., packet filtering) during the connection establishment
phase to support VR video transmission over a VR video slice.

Therefore, different from the typical connection establishment process specified in [37]
where signaling messages and data packets (if any) are exchanged directly between an end-
device and a server in the data plane, E2E QUIC connection between an HMD and a VR
video server in our case is established with the SDN/NFV controller assistance. Specif-
ically, as shown in Fig. 2.4, the signaling and data packets (if any) exchanged between
the HMD and the VR video server during the connection establishment phase, such as
the Initial packet with ClientHello/ServerHello, are intercepted by the ingress and egress
nodes and are encapsulated into OpenFlow packets (e.g., Packet_In or Packet_Out). These
encapsulated packets go through the SDN/NFV controller in the control plane for process-
ing.

After an E2E connection between an HMD and a VR video server is established, the
ingress node acts on behalf of the HMD and communicates with the VR video server
for packet transmissions on the Internet. Any packet loss on the Internet is detected
and retransmitted following any state-of-the-art mechanism proposed based on QUIC [37].
Similarly, the egress node acts on behalf of the VR video server and interacts with the
HMD for packet transmissions in the RAN domain. The egress node retransmits any lost
packet that happens in the RAN domain. The ingress node interacts with the egress node
to regulate the packet transmissions over a VR video slice in the core network. The egress
node detects any packet loss and triggers the retransmission from the ingress node.

2.2.3 VR Video Data Transmission

1) VR Video Content Request

As illustrated earlier, each HMD requests video content on a segment basis. Specifi-
cally, it concurrently requests a subset of video tiles of different encoding layers for a video
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Figure 2.4: SDN/NFV-based E2E QUIC connection establishment.

segment. All video tile requests for one segment are multiplexed via different streams in a
QUIC connection, as described in Subsection 2.2.1. Besides, the HMD sends additional re-
quests for urgent EL tiles corresponding to the updated FoV after sudden head movements
and/or when FoV prediction errors occur.

2) Header Conversion at Edge Switches

A slice-level packet header is designed to support the slice-level VR video packet trans-
mission and the customized protocol functionalities presented in Subsection 2.1.3. To be
compatible in terms of protocol operations with the tailored QUIC implemented at end
hosts, header conversion and reversion are performed at the ingress/egress node, such as
through the tunneling technique [39]. A slice-level packet header format is given in Fig. 2.5
which includes three important fields, i.e., Slice ID, Packet Number Space, and Slice-level
Packet Number. The Slice ID field is used for slice identification and packet forwarding,
upon which data packets are transmitted along the pre-configured routing path of the indi-
cated core network slice. The fields of Packet Number Space and Slice-level Packet Number
are designated to support the proposed customized protocol functionalities. Specifically,
the Packet Number Space field is introduced where two separate packet number spaces are
used to differentiate between BL and EL packets with disparate transmission reliability
requirements. The Packet Number Space field achieves logical isolation and thus allows
for respective operations (e.g., packet retransmission) to BL/EL packets. BL/EL packets
sent by the ingress node are sequentially numbered in their respective packet number space
through the Slice-level Packet Number field to maintain ordered slice-level packet trans-
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Figure 2.5: The slice-level packet header format.
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Figure 2.6: Video packet transmission over a VR video slice.

mission. This field is also used for efficient packet loss detection at the egress node and
caching-based packet retransmission at the ingress node.

3) Slice-level VR Video Packet Transmission

As shown in Fig. 2.6, based on the designed slice-level packet header, when VR video
packets from (remote) servers arrive at the ingress node, header conversion takes place
as described above. Intermediate switches along the routing path of the VR video slice
transmit packets according to the first-in-first-out (FIFO) principle and directly discard
any EL packet that violates its transmission deadline. Once VR video packets reach the
egress node, header reversion is performed. Due to possible deadline-violated EL packet
dropping, outgoing VR video packets from the egress node may be out-of-order (OFO).
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Figure 2.7: The STOP_SENDING frame format.
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Figure 2.8: The workflow of video packet filtering.

To address this, each reverted VR video packet is renumbered by modifying the Packet
Number field in the QUIC packet header. Specifically, the egress node records for each
E2E connection the packet number of the most recently sent packet, i.e., the packet sent
with the largest packet number. Then, for each reverted video packet to be transmitted,
the modified packet number is the largest packet number recorded plus one.

4) Video Packet Filtering

The packet filtering functionality is implemented by leveraging flexible stream-level
transmission control provided by the QUIC protocol, where the STOP_SENDING frames
are sent by video clients to cease the corresponding stream data transmission of out-
dated EL tiles, based on the established tile-to-stream mappings in Subsection 2.2.1. The
STOP_SENDING frame format is given in Fig. 2.7. The Stream ID field carries the ID
of a stream whose STREAM frames need to be filtered and discarded, and the Applica-
tion Protocol Error Code field contains an application-specified reason for stopping send-
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ing/transmitting the STREAM frames of the indicated stream, which is FoV prediction
error in the considered 360° VR video streaming case. Since head movements are tracked
by HMDs, stream/video tile data transmission cessation is triggered by an HMD to begin
the packet filtering operations. The detailed workflow of video packet filtering is shown in
Fig. 2.8 and described as follows:

e When sudden head movements occur and cause FoV prediction errors, the set of
outdated EL tiles corresponding to the previously predicted FoV is determined by the
HMD. Then, the streams to be ceased are determined based on the established tile-to-
stream mappings, and the corresponding STOP_SENDING frames are generated by
the HMD. The generated STOP_SENDING frames may be multiplexed with urgent
EL tile requests to form uplink urgent request packets. For uplink packet transmission
between a pair of egress and ingress nodes, a strict priority-based scheduling policy
is applied at the egress node where packets with a higher priority (i.e., the Priority
field set to 1) are preemptively scheduled for transmission, while packets with the
same priority are scheduled following the FIFO principle [10].

e When the egress and ingress nodes receive the uplink urgent request packets, the
Stream IDs in STOP_SENDING frames are extracted for performing packet filtering
on received downlink video packets. Specifically, STREAM frames with the same
IDs as those extracted from the STOP_SENDING frames are ruled out from packets
upon reception while other (useful) STREAM frames stay.

e When the server receives the urgent request packets, the outdated streams are ter-
minated, and corresponding sending buffers are cleared out. In addition, STREAM
frames containing video data of the requested urgent EL tiles are multiplexed and
assembled into downlink urgent EL packets, as described in Subsection 2.2.1.

Note that with the established tile-to-stream mapping relations, operations to specific
BL/EL tiles are realized through operating the corresponding streams. Thus, no informa-
tion from the application layer is required. In addition, en-route video data of outdated
EL tiles due to FoV prediction errors is filtered out, and the sending of outdated streams
is terminated at the server, in response to viewing behavior dynamics for improving the
transmission efficiency.

2.2.4 Packet Loss Recovery

Differentiated packet loss detection and retransmission mechanisms are required for BL
and EL packets, due to their disparate transmission reliability requirements. Owing to
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the Packet Number Space field in the designed slice-level packet header (see Fig. 2.5) and
the separate packet number space used for BL/EL packet transmission, we design different
packet loss recovery schemes for BLL and EL packets respectively in the following.

BL Packet Retransmission

Since BL and EL packets are numbered and sent in order in their respective packet number
space, packet loss due to random link failure (referred to as random packet loss) can be
detected by the egress node based on the slice-level packet numbers of two consecutively
received BL/EL packets where OFO packet arrival indicates a random packet loss'.

As shown in Fig. 2.9(a), when a random BL packet loss is detected, the egress node sends
a Retransmission Request (RR) packet to the ingress node and starts a timer for detecting
any RR packet loss. Each RR packet contains three important fields: 1) Flag, a packet
type indicator, 2) Packet Number Space, for either BL or EL packets, and 3) Requested
Packet Number, the slice-level packet number of a lost packet that needs retransmission.
This field is in the Optional fields of the designed slice-level packet header (see Fig. 2.5).
When the ingress node receives an RR packet, it retransmits the lost packet using the
previously cached packet copy in the caching buffer, as introduced in Subsection 2.1.3.

EL Packet Retransmission

Since deadline-violated EL packets are directly discarded without retransmissions, the
egress node should be equipped with the capability of differentiating between EL packet
losses due to random link failure and due to transmission deadline violation. To achieve
this, we propose that each intermediate switch generates a dummy packet in place of
consecutively discarded EL packets due to deadline violation, as shown in Fig. 2.9(b).
In each dummy packet, the slice-level packet number of the first dropped EL packet is
recorded in the Slice-level Packet Number field of the slice-level packet header. The number
of consecutively dropped EL packets is put in the Optional fields. Besides, the egress node
detects a random EL packet loss via OFO packet reception as in the case of BL packets.

When a random EL packet loss is detected by the egress node, similarly, it sends an RR
packet to the ingress node, while EL packet losses due to transmission deadline violation,

"When a VR video slice between a pair of ingress and egress nodes has a multi-path virtual network
topology, a packet scheduling algorithm needs to be implemented at the ingress node where BL and/or
EL packets are managed to be sent over different paths according to their discrepancies in terms of link
capacity and packet delay, to ensure in-order packet reception at the egress node [11, 42].
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Figure 2.9: Caching-based BL/EL packet loss recovery
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indicated by dummy packets, are neglected. Then, the ingress node retransmits the lost
EL packet if its copy is still stored in the caching buffer upon receiving the RR packet.
Note that a lost EL packet is worth retransmission only if its transmission deadline is not
exceeded. If the requested EL packet copy is already discarded from the caching buffer due
to deadline violation, the ingress node responds with an Ingress Caching Release (ICR)
packet to avoid meaningless retransmission requests from the egress node. In an ICR
packet, the smallest slice-level packet number among the cached EL packet copies in the
caching buffer is recorded in the optional field of Minimum (Slice-level) EL Packet Number
in the slice-level packet header. When the egress node receives an ICR packet, all the
randomly lost EL packets with slice-level packet numbers smaller than the value indicated
in the Minimum (Slice-level) EL Packet Number field no longer need retransmissions.

Caching Buffer Release

The caching buffer of the ingress node needs to be released regularly to avoid overflow.
Consequently, we use event-driven and time-based methods for caching buffer release. For
the event-driven method, a received RR packet is used as a trigger to release the cached
BL/EL packet copies. Specifically, take BL packets as an example, when the ingress node
receives an RR packet requesting retransmission of the BL packet with slice-level packet
number ¢, all the cached BL packet copies with slice-level packet numbers smaller than
i are released. For the time-based method, in the case of no random BL/EL packet loss
happening in the core network for a certain period of time, a timeout timer is set at the
ingress node to periodically release the cached packet copies. In addition, due to the low
transmission reliability requirement of EL packets, the ingress node can proactively discard
deadline-violated EL packet copies in the caching buffer without notifying the egress node.

The proposed caching-based packet retransmission scheme is efficient in terms of re-
duced signaling overhead (i.e., ACK frames) for packet loss detection, adaptiveness to
disparate transmission reliability requirements, and better usage of link transmission re-
sources due to deadline-violated EL packet dropping with no retransmission.

2.3 Transport Parameter Calculation

The workflow of caching buffer release at the ingress node is shown in Fig. 2.10, including
the event-driven method based on a received RR packet and the time-based method by
setting up a periodic timer. Specifically, during the timer initialization phase, the ingress
node transmits BL/EL packets received from remote servers on the Internet for the first
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Figure 2.10: The workflow of event-driven and time-based caching buffer releases.

time and stores their copies in the caching buffer. Then, the ingress node starts the periodic
timer while continuing to receive packets and put their copies in the caching buffer. Every
time the timer times out, the ingress node releases the packet copies that are stored before
the timer starts from the caching buffer. The periodic timer restarts when it times out.

There are two key transport parameters to be determined in the proposed caching-based
packet retransmission scheme. First, the duration of the timer initialization phase and the
cycle of the periodic timer need to be carefully decided, such that the cached packet copies
in the caching buffer are released after they are received by the egress node, and the caching
resources are efficiently utilized. If a ‘release-before-arrival’ event happens to a packet that
is randomly lost during the transmission, the lost packet has to be retransmitted from a
remote server instead of from the ingress node, leading to a large packet retransmission
delay. Second, considering the two caching buffer release methods, a minimum caching
buffer size can be derived such that, on average, copies of arriving packets at the ingress
node can be put into the caching buffer without causing buffer overflow?. Since each RR
packet must be received during a cycle of the periodic timer, the minimum caching buffer
size required for the event-driven (caching buffer) release method is smaller than that for
the time-based release method. Therefore, in this section, we focus on the periodic caching
buffer release (i.e., time-based) and derive the minimum caching buffer sizes (in packet)
required for BL. and EL packets.

Specifically, we consider the ‘best case’ where there are no deadline-violated and out-
dated EL packets being discarded during the slice-level VR video packet transmission. In

2Extra caching resources need to be assigned against the burstiness of traffic arrivals, which is out of
the scope of this work.
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fact, the amount of outdated EL video data to be filtered out and the number of addi-
tionally requested urgent EL tiles depend on the FoV prediction error, which affects the
aggregated EL traffic arrival rate at the ingress node. Thus, without loss of generality, we
consider the aggregated BL and EL traffic of the same VR video slice as two independent
Poisson processes [13]. For the time-based caching buffer release method, the minimum
required caching buffer size, the duration of the timer initialization phase, and the cycle of
the periodic timer should be determined based on the estimated average E2E packet delay
for traversing a VR video slice, as discussed in the following.

2.3.1 E2E Packet Transmission Analysis

As illustrated in Subsection 2.1.1, we consider that a VR video slice between a pair of
ingress (sg) and egress nodes (sy/) in the core network has a linear topology consisting of
W + 1 nodes interconnected by W transmission links. The link capacity (in packet/s) of
node s; is denoted by p;. We denote the aggregated BL and EL packet arrival rates at the
ingress node by A\’ and \¢, respectively.

Packet transmission at the first node (i.e., the ingress node) is modeled as an M/D/1
queuing system with the total packet arrival rate Ay = A\’ + \® and transmission rate p.
The average packet delay at the first node is given by [1]

T0=(1+1- po) ! (2.1)

2 1—po) 1o

where pg = % is the traffic intensity at the first node, indicating the fraction of time the

system is busy.

Next, we focus on the second node. Packet transmission at the second node is closely
correlated to its preceding node regarding link transmission rate and packet departure
process. Specifically, if the transmission rate of the second node is no less than that of the
first node, i.e., up < pq1, an arriving packet at the second node is immediately transmitted
before the arrival of the next packet. Thus, packet delay at the second node, T}, consists
of only packet transmission delay, i.e., T} = Ll, and packet departure process at the second
node remains the same as that at the first node. On the other hand, if py > w1, newly
arriving packets may wait in the second node’s transmission queue when a packet is being
transmitted. In this case, both packet queuing and transmission delays exist and should
be considered.

Let random variable Z; be the inter-departure time of successive packets departing from

the first node. If a departing packet sees a nonempty queue, then Z; = ﬁ Otherwise,
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Zy =&+ Mlo, where ¢ represents the time interval from the departure of a packet to the
next packet arrival. Due to the memoryless property of Poisson arrivals, ¢ has the same
exponential distribution with parameter Ay, as the packet inter-arrival time. It is seen
that packet departures from the first node follow a mixed process alternating between
Poisson and deterministic processes. Due to the level crossing property and the fact that
the Poisson Arrivals See Time Averages (PASTA) property holds for an M/D/1 queuing
system [11], the steady-state probability of queue length seen by a departing packet is the
same as that seen by an arriving packet or at an arbitrary time [15]. Hence, the mean and
variance of packet inter-departure time at the first node, Zj, are derived as

Bz =po- i+ (1-po) - Ble+ 1] =&

5 (2.2)
D[Zo] = E [(Zy — E[Z0))*] = 752 — -

We can observe from Eq. (2.2) that, when the link transmission rate g is large,
packet departures from the first node approach to a Poisson process. When \q increases
to approach py, i.e., when the queuing system is heavily loaded, packet departures from
the first node approach to a deterministic process, which is consistent with the preceding
analysis. To achieve the independence between two consecutive transmission nodes for
analysis tractability, under the assumption of a large transmission rate, we approximate
the packet departures from a node (or the packet arrivals at its subsequent node) as a
Poisson process. Therefore, when g > p1, the packet delay aigJ the second node, 717, can be

A

calculated according to Eq. (2.1) with traffic intensity p; = m and transmission rate p.

Finally, the E2E (BL/EL) packet delay for traversing a VR video slice in the core
network is given by

W-—-1
TP=3"T, (2.3)
=0

where T; is the packet delay for passing through the i-th node along the route of the VR
video slice.

For the time-based caching buffer release, the cycle of the periodic timer should be set
based on the estimated E2E packet delay (i.e., Eq. (2.3)). Specifically, the timer cycle
should be at least equal to or greater than the estimated E2E packet delay, such that the
cached packet copies in the caching buffer are released after the egress node has successfully
received them. In that case, any random BL/EL packet loss happening during the slice-
level packet transmission is retransmitted from the ingress node instead of from a remote
server on the Internet.
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2.3.2 Minimum Required Caching Buffer Size

Let kr and k. be the initialization phase duration and the cycle of the periodic timer,
respectively. As shown in Fig. 2.10, k; is the time interval that the ingress node transmits
packets received from remote servers for the first time. If k; < k., in order to ensure that
the set of BL. packet copies for each periodic caching buffer release is released after they
are successfully received by the egress node, the minimum caching buffer size required for
BL packets is [\’ (2k.)]. However, the caching resource utilization during the initialization
phase is low. If k; > k., in order to ensure that the packet copies corresponding to the
set of BL packets transmitted by the ingress node during the initialization phase can be
stored at the caching buffer and be released after they reach the egress node, the minimum
required caching buffer size for BL packets is P\b (kr + kcﬂ However, in this case, caching
resources are not efficiently utilized after the cached packet copies corresponding to the
set of BL packets transmitted during the initialization phase are released. Therefore, the
optimal initialization phase duration is k%" = k., and the minimum caching buffer size
required for BL packets, C?, is given by

C* = [\ (2k.)] ke > T". (2.4)

Similarly, for EL packets, due to the low transmission reliability requirement, deadline-
violated EL packets are directly released from the caching buffer. Let d® be the average
transmission deadline of arriving EL packets at the ingress node. Thus, the minimum
required caching buffer size for EL packets, C, is given by

C° = [min (\° (2k.) , \°d°)] . (2.5)

The minimum total caching buffer size required for both BL and EL packets is given
by
cmin = CP 4 CF. (2.6)

To verify the performance of the proposed caching-based packet retransmission scheme
with the caching buffer size set according to Eq. (2.6), we consider a VR video slice with
a linear topology which consists of 8 transmission nodes including the ingress and egress
nodes (i.e., W = 7). The link transmission rates are set as [400, 400, 300, 300, 200, 200, 200]
in packet/s, which includes both of the cases when there is or is no queuing delay at a node.
The BL and EL traffic arrival rates are A’ = 100 and A\* = 50 in packet /s, respectively. We
set the cycle of the periodic timer by the estimated E2E packet delay. The results show that
the caching miss ratio caused by ‘release-before-arrival’ packets is 0.83%, which means that
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Table 2.1: Main simulation parameters

Parameters Value
The number of video segments 15
Video segment duration 2s
The number of encoded packets per video tile 10
QUIC packet size 1200 bytes
Video tiling layout 4x8
FoV 100° x 100°
FoV prediction error (in terms of pitch and N (2°,10°),2 = [0 : 15]
yaw)
Link random loss rate [0.5:0.5:8]%
Congestion interval duration 0:05:7]s

most of the cached packet copies are released after they are received by the egress node. A
near-optimal packet retransmission delay is achieved, compared to the optimal case when
the caching miss ratio is 0. Therefore, the proposed caching-based packet retransmission
scheme with the periodic timer cycle and the caching buffer size set based on Eq. (2.3) and
Eq. (2.6) performs well. Any randomly lost BL/EL packet is highly-likely retransmitted
by the ingress node using the corresponding packet copy in the caching buffer.

2.4 Performance Evaluation

In this section, we evaluate the effectiveness of our proposed transmission protocol based
on real data traces® [16]. The main simulation parameters are given in Table 2.1.

2.4.1 Data Preprocessing

The selected data traces contain viewing orientations of 50 subjects watching ten 360°
VR videos from YouTube with Oculus Rift DK2 being the HMD. The ERP is adopted
for spherical VR video projection and storage. We choose the ‘Shark Shipwreck’ video
and extract its first 30s for experiments. The viewing trajectories are given in radians in

3https://github.com/360VidStr/A-large-dataset-of-360-video-user-behaviour
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Figure 2.11: The considered video tiling layout in the (projected) 2D video plane.

terms of yaw (from — to 7) and pitch (from —7 to 7). In the ERP-formatted 2D video
plane, we first conduct sphere-to-plane coordinate transformation based on Eq. (2.7) and
Eq. (2.8), which maps the yaw (#;) and pitch (¢;) of a spherical video to the horizontal
(w; € [0°,360°]) and vertical (h; € [0°,180°]) coordinates in the 2D video plane.

2

el:wlw—ﬂ',w = 360° (27)
™ ™

i=hi - — — S H = 180°. 2.

4 H ™ 2 %0 (2:8)

In addition, we consider a 4 x 8 tiling layout, as shown in Fiig. 2.11. The panoramic video
scene is partitioned into 32 video tiles, each of which covers a 45° x 45° (square) view span
and is indexed in raster-scan order. We consider an FoV of 100° x 100° and map a specific
FoV to the video tile IDs it covers. Finally, according to [17], with a short prediction
step (e.g., 3s), FoV prediction errors for either yaw or pitch can be reasonably assumed
to follow a Gaussian distribution. Therefore, we add Gaussian noises to the selected data
traces to generate the corresponding noised traces with FoV prediction errors for simulation
purposes.

2.4.2 Simulation Settings

The considered network scenario in the simulation is shown in Fig. 2.12. Three video clients
download video segments from remote VR video servers on the Internet where QUIC are
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Figure 2.12: The considered network scenario in the simulation.

implemented with aioquic*. The aggregated video traffic traverses a VR video slice between
a pair of ingress and egress nodes in the core network. Network congestion may happen
when different network slices or service traffic pass through the same path and share the
transmission resources. In the evaluation, we throttle the link transmission capacity (in
packet/s) of intermediate switch s; available to the considered VR video slice to represent
the case of network congestion due to cross-traffic from other services.

The duration of each video segment is set to 2 seconds [10], and each video segment is
encoded into one BL and one EL. Each video client requests video content on a segment
basis, and is considered to progressively prefetch 1 video segment ahead only. Specifically,
for each video segment downloading, a video client requests full-view BL and only the
EL tiles covered by the FoV. In view of the decoding dependency between BL and EL
tiles, we consider that BL packets are sent before EL packets by the VR video servers.
For simplicity, we assume each video client suddenly rotates head at most once in the
middle of watching a video segment. If a video client suddenly rotates head, additional
urgent EL tiles corresponding to the updated predicted FoV and the current FoV (after the
head rotations) are requested for FoV prediction correction and current viewing experience
compensation. The outdated EL tiles corresponding to the previously predicted FoV are
filtered out due to viewpoint prediction errors.

2.4.3 Performance Metrics

We compare our proposed transmission protocol with QUIC under different network condi-
tions. For brevity, we denote the proposed transmission protocol without deadline-violated

4https://github.com /aiortc/aioquic
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EL packet dropping, packet filtering functionality, and caching-based packet retransmis-
sion scheme by Proposed wo. dropping, Proposed wo. filtering, and Proposed wo. caching,
respectively. Four performance metrics are considered in the evaluation [35]:

1) Segment downloading time: The time to receive all the BL tiles of a video segment,
indicating the time when a video segment is ready to play smoothly with basic quality;

2) Segment quality: The ratio of the number of expected EL tiles timely delivered to
the total number of expected EL tiles requested for a video segment, given that
the corresponding BL tiles have already been received. Thus, the maximum video
segment quality is 2;

3) Packet retransmission delay: The waiting time for receiving a retransmitted packet;

4) Goodput ratio: The number of received packets that contribute to the video segment
quality, including all BL packets and timely-delivered expected EL packets, over the
total number of packets received by a video client.

"Note that in this work, we focus on slice-level transmission protocol customization
for tile-based 360° VR video streaming. Video streaming performance is evaluated from
a transmission (or QoS) perspective rather than an application (or QoE) perspective, i.e.,
how many requested and expected BL/EL packets or tiles can be timely delivered. The
streaming performance evaluated from the transmission perspective can be mapped to that
from the application perspective, which is out of the scope of this work.”

2.4.4 Simulation Results

Fig. 2.13(a) and Fig. 2.13(b) show the average segment downloading time and quality with
link capacity, respectively. As the link capacity of each transmission node increases, the
average segment downloading time reduces, and the average segment quality improves,
where our proposed transmission protocol achieves better performance compared to the
benchmarks. Originally, QUIC is a reliable transport protocol that ensures reliable packet
delivery. However, deadline-violated and outdated EL packets do not improve video qual-
ity®, which wastes link transmission resources and aggravates network congestion instead.
In our proposed transmission protocol, useless EL packets for streaming a video segment
are directly discarded, which does not affect the BL/EL packet transmissions of subsequent

5We use ‘useless EL packets’ hereafter to refer to deadline-violated and outdated EL packets for brevity.
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Figure 2.13: Average segment downloading time and quality vs. link capacity.

segments, while link transmission resources are saved to transmit those expected packets
that may still be able to be timely delivered to the target video client in a relatively
congestion-mild transmission environment. Hence, our proposed transmission protocol
achieves better performance than the QUIC protocol.

For Proposed wo. filtering, deadline-violated EL packets are discarded without affect-
ing the BL tile downloading of the next video segment, thus achieving a smaller average
segment downloading time than the Proposed wo. dropping. In terms of average segment
quality, as link capacity is small, there are many deadline-violated EL packets which ac-
count for the majority of useless EL packets. The Proposed wo. filtering scheme thus
achieves better average segment quality than the Proposed wo. dropping. As link capac-
ity increases, the number of deadline-violated EL packets is small. In this case, filtering
out outdated EL packets brings larger segment quality improvement. For Proposed wo.
filtering, part of the saved transmission resources is still used to transmit outdated EL
packets which account for the majority of useless EL packets when link capacity is large.
Therefore, the Proposed wo. dropping scheme achieves higher average segment quality
than Proposed wo. filtering.

Fig. 2.14(a) - Fig. 2.14(c) show the performance of average packet retransmission delay,
average segment downloading time, and average segment quality when random packet loss
occurs at each hop along the route of the VR video slice. The mean of FoV prediction
error is set as 5°. It can be seen that as random loss rate increases, the average packet
retransmission delay and segment downloading time increase, and the average segment
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Figure 2.15: Average segment downloading time and quality vs. FoV prediction error.

quality decreases, while our proposed transmission protocol outperforms the benchmarks.
As random loss rate increases, more BL/EL packets are lost and re-injected into the VR
video slice for retransmissions. Retransmitted BL packets lead to increased segment down-
loading time, while retransmitted EL packets degrade segment quality due to deadline
violations. With the proposed caching-based packet retransmission scheme, randomly lost
BL/EL packets are retransmitted by the ingress node using the cached packet copies in
the caching buffer, instead of by the remote servers. Thus, a smaller packet retransmis-
sion delay is achieved. Besides, deadline-violated and outdated EL packets are discarded
without being further transmitted, including the retransmitted ones. On the contrary, in
QUIC, all lost BL/EL packets including the deadline-violated ones are retransmitted from
the remote servers. Therefore, our proposed transmission protocol outperforms the QUIC
protocol. In addition, when the proposed caching-based packet retransmission scheme is
deactivated (i.e., Proposed wo. caching), randomly lost BL/EL packets are retransmitted
in a less congested transmission environment compared to QUIC since useless EL packets
are directly dropped, which, resultingly, achieves better performance.

Fig. 2.15(a) and Fig. 2.15(b) show the average segment downloading time and quality
with the mean of FoV prediction error. When the mean of FoV prediction error increases,
the predicted FoV deviates more from the real FoV, and the corresponding sets of EL
tiles covered by the predicted and the real FoVs differ more significantly from each other.
Correspondingly, there will be more urgent expected EL packets to be delivered and more
outdated EL packets to be filtered out. It can be seen from Fig. 2.15 that the average

38



segment downloading time increases and the average segment quality reduces as FoV pre-
diction deviation becomes larger, while our proposed transmission protocol outperforms
the benchmarks. In the proposed transmission protocol, useless EL packets for each video
segment downloading are directly discarded without affecting the subsequent segment’s
BL/EL packet transmissions, and more urgent expected EL packets can be timely de-
livered to the target video client. For QUIC, link transmission resources are wasted for
reliably transmitting those useless EL packets. Hence, our proposed transmission protocol
achieves better performance.

In addition, for Proposed wo. filtering, deadline-violated EL packets are discarded,
which thus has minor impacts on the subsequent segment’s BL tile downloading. On the
other hand, as FoV prediction deviation increases, the number of outdated EL packets is
larger. In this case, packet filtering operations obtain bigger segment quality improvement.
For the Proposed wo. filtering, part of the saved transmission resources due to deadline-
violated EL packet dropping is still consumed to transmit outdated rather than expected
EL packets. Therefore, compared to the Proposed wo. dropping, the Proposed wo. filtering
scheme achieves a lower average segment downloading time and quality.

Fig. 2.16(a) - Fig. 2.16(c) show the average segment downloading time, quality, and
average goodput ratio with congestion duration, respectively. Specifically, starting from
the 10th second in the evaluation, we throttle the link transmission rate of s; to 540
packet/s. We can see from Fig. 2.16 that the average segment downloading time increases
and the average segment quality decreases with congestion duration, and our proposed
transmission protocol outperforms the benchmarks, showing a lower sensitivity to network
congestion. Besides, our proposed transmission protocol maintains a very high average
goodput ratio, indicating high transmission efficiency.

When the transmission network is congested, it takes longer time to receive all the BL.
tiles of a video segment, and more expected EL packets exceed their transmission deadlines,
thus leading to a longer segment downloading time and degraded segment quality. In the
proposed transmission protocol, useless EL packets are directly dropped without affecting
the subsequent segment’s BL/EL packet transmissions. For QUIC, useless EL packets
are still reliably transmitted, which aggravates network congestion and hinders the timely
delivery of subsequent BL and expected EL packets, thus leading to a larger average
segment downloading time and lower average segment quality. In addition, for the Proposed
wo. filtering, when congestion duration is short, the number of deadline-violated EL packets
is small, and part of link capacity is taken up to timely deliver outdated EL packets rather
than urgent expected EL packets. Thus, the Proposed wo. filtering achieves lower average
segment quality than the Proposed wo. dropping. When congestion duration increases,
the number of deadline-violated EL packets is large, some of which are likely outdated
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EL packets. In that case, the Proposed wo. filtering achieves higher average segment
quality than the Proposed wo. dropping. In addition, goodput ratio loss may come from
deadline-violated EL packets when deadline-violated EL packet dropping is not enabled
or from outdated EL packets when packet filtering functionality is not activated. With
our proposed transmission protocol, almost all the EL packets received by the target video
client are expected and timely-delivered, thus maintaining a very high average goodput
ratio.

2.5 Summary

In this chapter, we have presented a customized slice-level transmission protocol based
on QUIC for tile-based 360° VR video streaming. Various properties of video tiles are
supported by tailoring the QUIC protocol, where explicit mapping relations between re-
quested video tiles and QUIC streams are established. Two customized protocol func-
tionalities including packet filtering and caching-based packet retransmission are proposed
which remove outdated EL video data due to FoV prediction errors in prompt response
to viewing behavior dynamics and efficiently perform retransmissions of lost BL and EL
packets with disparate transmission reliability requirements. Key transport parameters
are determined via analytical modeling. Simulation results demonstrate the effectiveness
of the proposed transmission protocol. The proposed slice-level transmission protocol can
also be applied to slice-based and layer-encoded (on-demand) video streaming. Slice-based
and layer-encoded video streaming can be viewed as a special case of tile-based 360° VR
video streaming, where the FoV of a user is fixed without head rotations, and there are no
peripheral BL tiles outside the FoV to be transmitted.
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Chapter 3

E2E Performance Modeling for
Slice-Based Video Streaming with
Layered Encoding

In order for virtual network deployment optimization and fine-grained QoS provisioning,
an E2E performance analytical model is essential. It is used to evaluate the performance
of slice-based video streaming with layered encoding, including E2E packet delay, deadline
violation probability, and throughput. Deadline violation probability is a critical per-
formance metric to evaluate, as packets delivered within an average delay bound may not
always improve video playback smoothness or quality due to deadline violations. Deadline-
violated BL packets result in the decoding failure of other timely-delivered EL packets,
while deadline-violated EL packets (if not discarded) do not enhance video quality. In
addition, the analytical model is also helpful in determining key transport parameters of
customized protocol functionalities implemented in the video streaming slice.

Many works have conducted performance analysis of slice-based service provisioning
to ensure that the QoS requirements are met in the long run. Some works focus on the
RAN while others focus on the core network [18, 19, 50, 51]. For RAN slicing, it is usually
modeled as a single-hop packet service process. For core network slicing scenario, a network
slice is described as an SFC embedded over a physical network. A service traffic flow passes
through a sequence of VNF's of the SFC in a multi-hop manner. For either a single-hop or
a multi-hop case, existing analytical approaches can be categorized into stochastic network
calculus (SNC)-based modeling and queuing theory-based modeling [52].

With the assumption of Poisson traffic arrivals, queuing theory-based approaches (e.g.,
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M/M/1/K, M/D/1/K) are used to derive closed-form steady-state probability distribution
of queue length (or packet delay) of a service node in many cases, and certain performance
metrics are analyzed, e.g., average packet delay [53, 54, 55]. For a multi-hop setting, ex-
isting works model a packet service as a tandem of independent queues, and the service
process at each hop is modeled as an M/M/1 or M/D/1 queuing system [56, 57, 45, 58].
Then, the E2E packet delay is calculated as a summation of per-hop packet delays. Differ-
ent from queuing theory-based approaches, SNC-based approaches aim at a non-asymptotic
performance bound on packet delay in the form of Probability/delay > budget] < wviolation
probability by characterizing the (affine) arrival and service envelopes [18, 59, 60]. Tt is
able to deal with various types of packet arrivals and services, and provides a conservative
estimation of such delay bound, which may deviate from the real measurements, at the ex-
pense of obtaining the exact distribution of queue dynamics and average delay performance

[45, 51].

For slice-based and layer-encoded video streaming service, the impact of disparate ser-
vice reliability requirements of BL and EL packets needs further investigation, which makes
the E2E performance modeling, especially the analysis of deadline violation probability,
challenging to perform. The packet service performance at one service node is challeng-
ing to analyze due to deadline-violated EL packet dropping. BL and EL packets may
experience different average packet delays. The steady-state probability distribution of
queue length at the node is difficult to obtain, thus making it challenging to determine
the packet deadline violation probability. In addition, queuing dynamics at one node are
closely correlated to those at its preceding node, which makes the E2E performance mod-
eling even more challenging. The packet arrival process at one node is equivalent to the
packet departure process at its preceding node, which is difficult to analyze especially
when deadline-violated EL packets are directly discarded without being further forwarded,
leading to reduced throughput. Therefore, the correlations between packet services at two
consecutive nodes need to be investigated in the E2E performance analytical modeling.

In this chapter, we present an E2E service performance modeling for layer-encoded
video traffic traversing a video streaming slice in the core network, where the disparate
service reliability requirements of BL. and EL packets are considered. Specifically, each
NFV node along the routing path of the video streaming slice is split into two consecu-
tive logical nodes, one for packet processing and the other for packet transmission, with
respective packet service rate. The E2E packet processing and transmission over the video
streaming slice is abstracted as a multi-hop packet service process with various service
reliability requirements. Based on the analysis of the correlations between two consecutive
nodes, a segment-based analysis framework is proposed for E2E service performance mod-
eling. A segment consists of several consecutive nodes along the routing path of the video
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streaming slice where the packet service rate of the first node is no greater than than those
of the rest of nodes in the segment. Within each segment, a two-stage queuing model is
established to obtain the approximate steady-state probability distribution of queue length
at the first node, upon which the BL/EL packet delay, deadline violation probability, and
throughput at the segment are derived. In addition, the departure process from a segment
is discussed based on an approximated M/D/1 queuing system, which is approximated as
a Poisson process under the assumption of a large packet service rate of the first node
in the segment. The independence between two consecutive segments is then achieved
for analysis tractability, upon which the E2E performance metrics are derived. Extensive
simulation results demonstrate the accuracy of our proposed performance analytical model
and its effectiveness such as in transport parameter determination.

3.1 System Model

3.1.1 Network Model

We consider an SDN/NFV-based core network, as shown in Fig. 3.1. With the SDN/NFV
controller, multiple SFCs are embedded in the core network to create different network
slices for supporting diverse services (e.g., video streaming service), each of which consists
of a sequence of NFV nodes and SDN switches interconnected in a predefined order. The
virtual network topology of each core network slice (assumed linear for simplicity) is config-
ured where dedicated virtual network resources including processing and link transmission
resources are reserved on NF'V nodes and physical links along the route for data processing
and transmission, respectively. Customized protocol functionalities (e.g., retransmission
[31] and selective caching [35]) can be deployed on certain network nodes (e.g., an NFV
node or an SDN edge switch) within a core network slice for supporting fine-grained trans-
mission control and enhanced service provisioning. Here, we consider that a network slice
for supporting the video streaming service is deployed between each pair of ingress and
egress edge switches in the core network!.

3.1.2 Video Traffic Model

We consider a video streaming service with layered encoding. Specifically, each video stored
in a remote server on the Internet is temporally divided into a sequence of video segments

'For simplicity, each network switch is also referred to as a node.
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Figure 3.1: An SDN/NFV-based core network with embedded network slices.
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Figure 3.2: The virtual routing path of a video streaming slice with aggregated BL and
EL traffic.

(or chunks), each with a playback time of 1-10 seconds [10]. Each video chunk is encoded
into multiple interdependent layers, including one BL and several ELs, to support adaptive
video streaming. BL ensures video robustness with basic video quality, while EL enhances
video quality. An EL can be decoded only if the corresponding BL and all lower-layer ELs
are received and decoded. Therefore, EL packets are optional in terms of video decoding
for smooth video playback. BL packets have a higher service reliability requirement than
EL packets, indicating that BL packets need to be reliably delivered to avoid long video
rebuffering time, while deadline-violated EL packets that do not improve video quality
should be discarded to save processing/transmission resources.

The (virtual) routing path of a video streaming network slice is shown in Fig. 3.2.
For on-demand video streaming, each user progressively requests and downloads video
content on a video chunk basis. That is, each user sends chunk requests at a certain time
interval. The probability of a user sending a chunk request within a small time interval
is small. Besides, a video streaming slice is deployed to serve a large number of users
who send chunk requests independently. According to the Poisson Limit Theorem [61, (2],
the aggregated requests from multiple users served by the same video streaming slice can
be approximated as a Poisson process. Thus, the BL and EL traffic flows entering the
same video streaming slice are considered as two independent Poisson arrival processes at
the ingress node [13, 48, 55, 53], with average packet arrival rates denoted by A\, and A,
in packet/s, respectively. The virtual routing path between the ingress (sg) and egress
(sw) nodes consists of (W + 1) nodes including NFV nodes for data packet processing and
transmission nodes for packet forwarding. Denote the packet processing/transmission rate
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Figure 3.3: The flowchart of caching-based packet retransmission.

of NFV /transmission node i (i = 0, 1,--- , W) by u; in packet/s. At each node, packets are
transmitted /processed based on the FIFO principle, and the remaining service deadline of
each EL packet is checked. Deadline-violated EL packets are directly discarded without

being further forwarded.

3.1.3 Caching-based Packet Retransmission Functionality

To support enhanced layer-encoded video packet services, we propose a customized caching-
based packet retransmission functionality to achieve efficient packet retransmission. Specif-
ically, we consider that the ingress node has an additional caching buffer for aggregated
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Figure 3.4: The workflow of time-based caching buffer release.

video traffic of each video streaming slice which temporarily stores video packets sent but
not acknowledged for possible retransmissions. Besides, the egress node is considered to
be equipped with the capability to detect any packet loss due to random link failures (re-
ferred to as random packet loss) and differentiate from the EL packet losses due to service
deadline violations?. The flowchart of the proposed caching-based packet retransmission is
shown in Fig. 3.3. When the egress node detects a random BL/EL packet loss, it sends a
retransmission request to the ingress node. The ingress node retransmits the lost packet
by retrieving the corresponding packet copy in the caching buffer. If the requested packet
copy is unavailable at the ingress node, the lost packet is then retransmitted by a remote
server with a longer packet retransmission delay.

Due to limited caching resources, the caching buffer at the ingress node should be
regularly released to avoid buffer overflow. We consider a time-based caching buffer release
mechanism. Specifically, a timeout timer is set at the ingress node to periodically release
the cached packet copies in the caching buffer. The workflow of time-based caching buffer
release is shown in Fig. 3.4. The timer initialization phase is the time interval where the
ingress node transmits BL/EL packets received from remote servers for the first time and
stores their packet copies in its caching buffer. Then, the ingress node starts the periodic
timer and continues putting the copies of subsequently received packets into the caching
buffer. Every time the periodic timer times out, the ingress node releases the cached packet
copies that are stored before the timer starts from the caching buffer. The periodic timer
restarts when it times out (or after each caching buffer release).

In order to balance between the performance of the proposed caching-based packet re-
transmission scheme and the caching resource utilization, two key transport parameters

2Due to the low service reliability requirement, deadline-violated EL packets do not need to be retrans-
mitted.
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need to be determined. The first key transport parameter is the cycle of the periodic timer,
which needs to be set based on the estimated average E2E BL/EL packet delay?, such that,
on average, the cached packet copies in the caching buffer are released after the original
packets are successfully received by the egress node. If the cycle of the periodic timer is
smaller than the estimated average E2E BL/EL delay, video packets transmitted by the
ingress node will arrive at the egress node after the corresponding cached packet copies are
released from the caching buffer (referred to as ‘release-before-arrival’ packets), and any
lost packets will be retransmitted from remote servers on the Internet, compromising the
performance of the proposed caching-based packet retransmission scheme. Correspond-
ingly, a minimum required caching buffer size (in packets) for BL /EL packets, as the other
key transport parameter, needs to be decided, with which copies of arriving packets at the
ingress node can be put into the caching buffer instead of being dropped due to buffer
overflow?. If the caching buffer size is set to be larger than the minimum required value,
the caching resources are not efficiently utilized.

Suppose we obtain the average E2E BL and EL packet delays for traversing the video
streaming slice between a pair of ingress and egress nodes, denoted by 7, and T, respec-
tively. Let k; and k. be the duration of the timer initialization phase and the cycle of the
periodic timer, respectively. Based on the above discussions, we have k; = k., k. = T, for
BL packets, and k. = T, for EL packets. Thus, the minimum required caching buffer size
for BL packets, C?, . is given by

min?

b
Cmin

= [N\ - 2T5] (3.1)

where [-] is the ceiling function. Besides, Let d° be the average service deadline of arriving
EL packets at the ingress node. Since deadline-violated EL packets are directly released
from the caching buffer due to a low service reliability requirement, the minimum required

caching buffer size for EL packets, C¢ ., is given by
¢ = [min (¢ - 270, Ad) | . (3.2)

Based on Egs. (3.1) - (3.2), we obtain the minimum required total caching buffer size for
both BL and EL packets, denoted by Cpin = C?. + C¢

min min*

3The time for the egress node to detect a random packet loss until the ingress node receives the
retransmission request is neglected

4Additional caching resources need to be assigned against the burstiness of packet arrivals, which is out
of the scope of this work.
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3.2 E2E Service Performance Modeling

In this section, we discuss our E2E performance modeling for (aggregated) video traffic with
layered encoding delivered over a video streaming slice. The analytical model determines
the average E2E packet delay, the average E2E deadline violation probability, and the
average E2E throughput, while considering the discrepant service reliability requirements
of BL and EL packets. For any NFV node along the routing path of the video streaming
slice, arriving packets are first queued for processing, and the processed packets are queued
for transmission to the subsequent node. Accordingly, each NFV node is split into two
consecutive logical nodes, one for packet processing and the other for transmission. In
the following, any processing or transmission node is referred to as service node s; (i =
0,1,---, W), where (W’ 4 1) is the total number of nodes composing the video streaming
slice with the consideration of the NFV node logic splitting. The E2E service over the
video streaming slice is abstracted as a multi-hop packet service system with various service
reliability requirements, where each hop/node is either a processing or transmission node.
Here, we suppose each (abstracted) node s; along the considered video streaming slice has
a deterministic service rate p; (i.e., constant service time), allocated and reserved by the
SDN/NFV controller at the time of slice deployment.

3.2.1 Segment-Based Analysis Framework

During multi-hop packet service, the queuing dynamics of each intermediate node are
closely correlated to the packet service rate or packet departure process of its preceding
node. Specifically, for any intermediate node between the ingress and egress nodes, s;
(1 > 0), the packet arrival process is a slightly delayed version of the packet departure
process at its preceding node s;_; (due to propagation delay). In addition, given the
packet service rates of nodes, if the packet service rate p; of s; is greater than or equal to
that of s;_1, i.e., u; > p;—1, a packet arriving at s; is immediately served before the next
packet arrival. Note that the case of p; > ;1 can happen when extra resources are sliced
and reserved on node i to accommodate short-term traffic load fluctuations for enhancing
the E2E service performance. There is no packet queuing at s; but only deterministic
packet service delay i, and the packet departure process at s; statistically remains the
same as that at s;_;. Whether a packet exceeds its service deadline when passing through
s; directly depends on its remaining deadline and the queue length when it arrives at s;_;.
If u; < pi—1, newly arrived packets at s; may wait in the service queue of s; when a packet
is being served. In this case, both packet queuing and service delays exist.

20



Segment 1 Segment 2

BL traffic i‘———————————————i T 1|
I |—> | | oo
B —— | :_> | |
. | |
EL traffic : So Sl Sz : : 83 5, |
|
! Ho = Hay o < J | <ty SHy

Figure 3.5: A segment-based analysis framework.

We propose a segment-based analysis framework, as shown in Fig. 3.5. Given the
allocated packet service rates of nodes along the routing path of the video streaming slice,
the E2E multi-hop packet service is grouped into several sequential segments. We denote
by ¢ the service rate of the first node in segment g. Segment g consists of a consecutive
sequence of nodes within which the packet service rates of the rest of nodes except the first
one are no less than the first node’s packet service rate, i.e., u?. Besides, we have p9+! < p?
for two consecutive segments g and g + 1. Let A} and A\ be the average packet arrival
rates of BL and EL traffic arriving at segment g, respectively, and the total packet arrival
rate at segment ¢ is thus given by A9 = A\] + 9. Note that A9 may not always be equal to
AT for two consecutive segments g and g + 1 due to possible deadline-violated EL packet
dropping. In addition, let d*9 and d*9 be the average (remaining) service deadlines of BL
and EL packets arriving at segment g, respectively. Within each segment, packet service
performance at the first node is critical to analyze since there are only deterministic packet
service delays at the other nodes, which is discussed in the following.

3.2.2 Service Performance Modeling at The First Segment

Given the average service deadline of EL packets arriving at the first segment, d*', the
corresponding queue length bound for EL packets that can successfully pass through the
first node is given by N! = ’—Je’l ,ul-‘. When the queue length of the first node increases
to the bound, N}, arriving EL packets are dropped before passing through the first node
due to service deadline violations. In that case, only BL packets with a higher service
reliability requirement can pass through. The state transition diagram of queue length
at the first node is shown in Fig. 3.6. It can be seen that the transition rate from state
i to state i + 1 is \; = A = A} + Al for i < N7, as both arriving BL and EL packets
can be served through the first node. The transition rate from state ¢ to state ¢ + 1 is
\i = A} for i > N}, as only arriving BL packets can pass through the first node while
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Figure 3.6: The state transition diagram of queue length at the first node in the first
segment.

arriving EL packets will be discarded due to service deadline violations. Therefore, packet
service at the first node is a special state-dependent M/D/1 queuing system where the
packet arrival rate is state-dependent only at state i« = N!, and the packet service rate
is not state-dependent and keeps the same for all states (i.e., u'). Let the steady-state
probability distribution of queue length at the first node (at arbitrary times) be denoted
by {gi,i > 0}. Note that {g;,7 > 0} is difficult to obtain, which involves complex Laplace
Transforms (LTs) and recursive computations, and the related steady-state averages such
as the mean sojourn time are challenging to derive [63]. Therefore, according to the state
transition diagram shown in Fig. 3.6, we propose an approximate approach to obtain
the steady-state probability distribution of queue length at the first node, denoted by
{Gi,i > 0},

Specifically, we consider that packet services at the first node go through two sequential
stages, as shown in Fig. 3.7. At stage one when the queue length of the first node is smaller
than N!, both BL and EL packets can pass through the first node. At stage two when the
queue length of the first node is larger than or equal to N}, only arriving BL packets are
admitted to the queue while an arriving EL packet is discarded before being served due to
service deadline violation. The stage one queuing is modeled as an M/D/1/N} system with
packet arrival rate of A\! and service rate of u!. The steady-state probability distribution
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Figure 3.7: Two-stage queuing at the first node of the first segment.

of queue length, denoted by Pj,j = 0,1,---, N2, is given by [(4]

Py=_—1
0 1+p%bN€1_1
3
Py =1— —Nezt 3.3
Ne T+piby1 4 (3.3)
— j—bj—1 N 1 _
P; = 1er%lel,j—l, SN —1

where pi = 2—1 is the traffic intensity for stage one queuing. The coefficients {b,,n > 0}
are given by b, = > P ((k —n) %) with Py(t) = %e*)‘lt. In addition, the stage two
k=0

queuing is modeled as an M/D/1 system with packet arrival rate of A} and service rate
of p'. The steady-state probability distribution of queue length, denoted by m,,n > 0, is

given by [65]
1 -
(%—1) (1 pb)
(1= o+ St
R
< (Z—k)! + T )] T2 2

1
where p} = % is the traffic intensity for stage two queuing.

||
NJH
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With Egs. (3.3) - (3.4), the approximate steady-state probability distribution of queue
length at the first node, i.e., {¢;,7 > 0}, is obtained as
. PZ,Z < Nel
PNelTI'Z‘_Nel,Z Z Ne‘

Remark 1. In our approximate approach, the state transitions from N} +1i to N} + (i +1)
fori >0 (see Fig. 3.6) are neglected, leading to approzimation errors. When the packet
service rate of the first node, ', increases, such that the queue length is seldomly larger
than N}, more accurate approzimations of {q;,i > 0} can be obtained. In addition, since
the packet arrival process (or rate) is not state-dependent in each queuing stage, the PASTA
property holds for both the modeled M/D/1/N} system and the modeled M/D/1 system.
The approzimated steady-state probability distribution at arbitrary times, {¢;,i > 0}, is
also the approximated steady-state probability distribution at arrival epochs.

Next, we derive the average BL/EL packet delay, deadline violation probability, and
throughput for traversing the first segment. Let 7% denote the total service time for a
packet passing through the rest of nodes except the first one in the first segment. If there
are ¢ packets (including the one that is in service) at the first node, then the time for the
ith packet to traverse the first segment, denoted by T}, is given by

0,2=0
=< U (3.6)
(Z—l)E+T,Z>O

where the expected residual service time of the packet in service when there are i packets
in the system, denoted by F [R;], is neglected in the case i > 0. With the approximated
steady-state probability distribution of queue length at the first node, {¢;,7 > 0}, there is
a one-to-one mapping between ¢; and T} for each i > 0.

The average BL/EL packet delay for traversing the first segment, denoted by T, ,6 €
{b, e}, is given by

~ 1 1
T = 71 4 TM/IDAUNE 4 py, ((Ne1 —1) E) (mo — 1) (3.7)

and

T} = P TM/P/Y 4 pM/D/1Ne | 1 (3.8)
where TM/P/UNe and TM/P/1 are the average packet delays of the considered M/D/1/N}
system for stage one queuing and the considered M/D/1 system for stage two queuing,
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Table 3.1: The values of N! and j¢ for different packet service rates of the first node p! in
the example segment

respectively, given by [14]

Nl-1
N+ Niplhyi i — S b,
TMmmmé:_£1+p%W;1 R =1 (3.9)
AL by 14 prbi— .
and . ) |
TM/DIV_ (g2 P2 ) 3.10
TaTpp) (310

In terms of deadline violation probability, taking EL packets as an illustrative example,
we first find j¢ = min {7} > d*'}. The queue length bound for EL packets at the first
j

node that can successfully traverse the first segment is thus j¢ — 1. Then, the deadline
violation probability of EL packets when traversing the first segment, denoted by V!, is
calculated by

jo=2
Vi=Via+Vig= (1 -> q}-) + Gje 20" (3.11)
§=0
where a® = 2% is the probability of a BL packet arriving at the first segment before an

AL+AL
EL packet. Tbhe EL packet deadline violation probability at the first segment, V!, consists
of two parts, i.e., Ve1 4 and Vel’B, which represent the probability of queue length (of the
first node) no less than j¢ — 1 and the probability of observing j¢ — 2 packets in the queue
by an arriving BL packet, respectively. The deadline violation probability of BL packets
when traversing the first segment, denoted by V;!, can be calculated similarly according to

Eq. (3.11) with j¢ and a® replaced by j° = min {le > d™'} and a® = respectively.
j

Ae
ALHAL?

We take a segment consisting of four nodes with packet service rates (1!, 200, 200, 200]
as an example. We set A} = 100, A\l = 50, d*!' = 105 ms, and d*!' = 100 ms. The
values of N! and j¢ for different p! are listed in Table 3.1. We notice that, due to the
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Figure 3.8: Deadline violation probability (in log-scale) of BL and EL packets at the ex-
ample segment with varying packet service rates of the first node (before approximations).

[-] operator, N} does not change or increase as u' increases, and the changing points of
N! are different from those of j¢, which leads to the relative estimation error between
the estimated V! by Eq. (3.11) and the real value oscillating (the same for V;!'), as shown
in Fig. 3.8. To address this and obtain a more accurate deadline violation probability
estimate, we make some approximations based on the above observations. Specifically, let
(N}, ¢) and (N v je/) be the tuples corresponding to two different packet service rates of
the first node in the first segment, denoted by p' and p!" where p' = p' + A, (A, set as 2
packet /s in the simulations). Due to term 7" in Eq. (3.6), intuitively, 5¢ should be smaller
than N!. Thus, if j¢ = N}, we let j¢ = j¢ — 1. Besides, if §¢ — j¢ > 0 while Nel/ = N}, we
let j¢ = j¢ — 1. The deadline violation probability estimations after the approximations
are presented in the next section.

Finally, due to the disparate service reliability requirements, deadline-violated EL pack-
ets are directly discarded without being further transmitted. Therefore, the throughputs
of BL and EL traffic after traversing the first segment, denoted by A;, and \;, respectively,
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are given by

)‘%,b = Ai

Me=A 1=V
Thus, the total throughput, A}, at the first segment is A} = A;, + A;,. In addition,
the updated average service deadline of BL/EL packets arriving at the second segment is

"2 = (" —T})",0 € {b,e} where (x)" = max (0, 2).

(3.12)

3.2.3 Service Performance Modeling Between Segments

Next, we analyze the packet departure process at the first segment (also the packet arrival
process at the second segment), which is non-trivial due to two main reasons. First, the
steady-state probability distribution of queue length seen by departing packets from stage
one queuing of the first node, denoted by ¢,,,m = 0,1,--- , N} —1, differs from the steady-
state probability distribution of queue length at arbitrary times, i.e., Pj,j =0,1,---, N..
Second, certain EL packets may exceed their service deadlines and be discarded when
passing through the other nodes in the first segment rather than the first node. To address
this, we adopt an approximate approach to analyze the packet departure process at the
first segment. Specifically, from the viewpoint of departing packets from the first segment,
stage one queuing of the first node can be approximated by an M/D/1 system with the
packet arrival rate being A\l and service rate being p!, such that the probability of queue
length of the first node no less than j€ is small and can be neglected. Then, according to the
PASTA property of Poisson arrivals and the level crossing property [11], the steady-state
probability distribution of queue length seen by departing packets in the approximated
M/D/1 system is the same as that seen by arrival epochs or at arbitrary times.

Based on the approximate M/D/1 system, let random variable Y'! be the inter-departure
time of successive packets departing from the first segment. If a departing packet, k, sees
a nonempty queue, then Y1 = % Otherwise, Y1 = X1 + %, where X! represents the
time interval from the departure of packet k to the arrival of packet k 4+ 1. Due to the
memoryless property of Poisson arrivals, X! follows the same exponential distribution as
the packet inter-arrival time with parameter \!. Therefore, it is seen that packet departure
from the first segment is a mixed process alternating between deterministic and Poisson

processes. The mean and variance of the packet inter-departure time, Y, are given by

EY'N=pik+(1=p)E X“rﬁ] =3

i ) (3.13)
DY =E [(Yl CEYY?] = Ly -
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where p; = 2—% From Eq. (3.13), when the packet service rate of the first node, i.e., u!,
is large, packet departures from the first segment approach to a Poisson process. Besides,
when Al increases to approach to u', i.e., when the queuing system is heavily loaded,
packet departures from the first segment approach to a deterministic process, which is
aligned with the preceding analysis.

In order to achieve the independence between two consecutive segments for analysis
tractability, under the assumption of a large packet service rate of the first node in the first
segment, i.e., u!, we approximate the packet departures from the first segment as a Poisson
process with rate parameter \;. Note that a large packet service rate of the first node in
each segment, except the last one, is a necessary condition for E2E performance analytical
modeling. Under this condition, the segment-level performance metrics of different seg-
ments composing the video streaming slice can be analyzed following the same logic. The
E2E performance metrics are then attainable. From the perspective of a network operator
(or slice orchestrator), the packet service rate of each node within a network slice can be
flexibly configured as long as the service requirements are satisfied.

3.2.4 Average E2E Performance

Based on the proposed segment-based analysis framework, we derive the (average) BL/EL
packet delay, deadline violation probability, and throughput at the first segment. The
independence between two consecutive segments is achieved under the assumption of a
large packet service rate of the first node in the preceding segment. For a video streaming
slice in the core network which consists of N, segments, the average E2E packet delay,
Ty, average E2E deadline violation probability, V,, and average E2E throughput, A;,, of
BL/EL packets are given by

Ns
Ty=>.1,,0 € {be}
g=1

N

Vo=1—T1 (1=Vy),0 € {be} (3.14)

g=1

ALO=b
)\t,gz 1
AM(1=V),0=e¢

where Tj and V;’ denote the average BL/EL packet delay and deadline violation probability
at the gth segment, respectively®.

5Note that when the number of segments composing a video streaming slice N, increases, the cumulative
effect of successive approximations over multiple segments in the E2E performance analytical modeling
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The E2E performance metrics given in Eq. (3.14) depend only on the number of
segments composing a video streaming slice, i.e., Ny, which incurs a time complexity of

O (N,).

3.2.5 Discussion

In the E2E performance analytical modeling, the key feature of layer-encoded video stream-
ing, i.e., the distinct service reliability requirements between BL and EL packets, is cap-
tured. However, the inter-dependence between different ELs, that is, an EL can only be
decoded if the corresponding BL and all lower-layer ELs are successfully decoded, is not
explicitly considered. In that case, EL packets of multiple ELs may also have different
levels of service reliability requirements. If any EL packet of an EL is discarded due to
deadline violation, the EL packets of higher ELs should also be discarded for transmission
efficiency.

The proposed analytical model can be used for performance evaluation of a video
streaming slice. Given the characteristics of aggregated BL and EL traffic flows (i.e., packet
arrival rates A, and A.) and the slice resource configuration (i.e., the reserved packet service
rates of nodes within the video streaming slice), the following key steps should be followed:

e Step 1: Determine the segmentation of the video streaming slice according to the
slice resource configuration, as discussed in Subsection 3.2.1;

e Step 2: Calculate the segment-level performance metrics for each segment based on
Egs. (3.7), (3.8), (3.11) and (3.12);

e Step 3: Calculate the E2E performance metrics based on Eq. (3.14).

The proposed analytical model can also be helpful for slice resource reservation. Given
the characteristics of aggregated BL and EL traffic flows and the specific service require-
ments in terms of average packet delay and/or deadline violation probability, a network
operator (or slice orchestrator) can configure slice resource starting from the case where
there is only one segment composing the video streaming slice, and utilize the proposed
analytical model to evaluate the E2E performance until the service requirements are met.
In the next section, two examples are presented to show the effectiveness of the proposed
E2E analytical model for practical applications.

can lead to larger accuracy gaps.
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Figure 3.9: The considered virtual network topology of a video streaming slice in the
simulation.

Finally, when the virtual network topology of a video streaming slice comprises multiple
physical paths between the ingress and egress nodes, the proposed performance analytical
model can be extended to accommodate this scenario. To achieve this, the statistics of
BL/EL packet forwarding at each common node of different paths need to be known, i.e.,
the fraction of aggregated BL/EL packet arrivals at the common node that are forwarded
towards each path. The aggregated BL/EL traffic forwarded towards different paths can
be considered as a set of classified Poisson processes. Then, the proposed performance
analytical model can be independently applied to different physical paths, upon which the
E2E performance of aggregated BL/EL traffic entering the video streaming slice can be
obtained.

3.3 Simulation Results

In this section, simulation results are presented to verify the accuracy of our proposed
performance analytical model for E2E layer-encoded video packet services over a video
streaming slice. The considered virtual network topology is shown in Fig. 3.9 which con-
sists of two segments. Within each segment, each node is either a processing node or a
transmission node with a deterministic packet service rate. In addition, aggregated BL
and EL traffic flows at the ingress node (sg) are considered as two independent Poisson

processes with packet arrival rates of A} = 100 and A\! = 50 packet/s [(6]. The average
service deadlines of BL and EL packets at the first segment are set as d»' = 105 ms and
d®' =100 ms [23] [67, 68, 69]. All simulations are carried out with SimPy 4.0.1 and Python

3.10.10%. In the evaluation, we validate the proposed performance analytical model on a
segment basis. For each segment, we vary the packet service rate of the first node (e.g., '

6Please refer to https://simpy.readthedocs.io/en/latest/index.html for more details.
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Figure 3.10: Packet delay at the first segment with varying packet service rates of the first
node pt.

or 11%) to compare the performances under different traffic load conditions. Then, the accu-
racy of E2E performance analysis is verified. In addition, the effectiveness of the proposed
performance analytical model is shown with two application examples, where M/M/1 and
M/D/1, two widely used mathematical models in existing works [57, 15], are adopted as
benchmarks.

3.3.1 Validation of The Proposed Performance Analytical Model

Fig. 3.10 shows the (average) BL and EL packet delays at the first segment with varying
p! where the packet service rates of the nodes in the first segment are [u', 200, 200, 200]
in packet/s. We can see that close estimations of BL and EL packet delays are achieved,
especially when p! is large. For small values of !, the queuing system of the first node is
heavily loaded, and there are more BL packets on stage two queuing, leading to larger BL.
packet delay than EL packet delay. For a large uu', packet services at the first node are more
closely seen as an M/D/1/N} system with a large value of N! and a very small value of
Pyi. Thus, BL and EL packets have a close packet delay, and more accurate packet delay
estimations are achieved (see Eq. (3.7)). The deadline violation probabilities (in log-scale)
of BL and EL packets at the first segment with varying p! are shown in Fig. 3.11. It can be
seen that the proposed performance analytical model achieves close BL/EL packet deadline
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Figure 3.11: Deadline violation probability at the first segment with varying packet service
rates of the first node p'.
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Figure 3.12: Throughput at the first segment with varying packet service rates of the first
node pt.
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Figure 3.13: Throughput at the first segment with varying BL packet arrival rates A;.

violation probability estimation, even for large values of u!. Besides, compared to Fig. 3.8,
the relative estimation errors between the analytical results and the simulation results are
reduced, which proves the effectiveness of the approximations made in Subsection 3.2.27.
The throughputs of BL and EL packets at the first segment with varying u!' are shown in
Fig. 3.12. We see the analytical results match with the simulation results well, and the
estimation error reduces as u' increases due to a smaller V'. In addition, due to the high
service reliability requirement, BL packets are reliably transmitted, and thus the BL packet
throughput equals to its packet arrival rate (i.e., /\t{b = A}). On the other hand, due to the
low service reliability requirement, deadline-violated EL packets that do not improve video
quality are discarded. Thus, the EL packet throughput is no greater than its arrival rate
(i.e., Af, < Al). The results presented in Fig. 3.10 - Fig. 3.12 verify the effectiveness of the
established two-stage queuing in Subsection 3.2.2 as a service modeling approximation of
the first node, and also the accuracy of our proposed performance analytical model.
Furthermore, the BL/EL packet throughput at the first segment with varying BL packet
arrival rate (\}) is shown in Fig. 3.13. The packet service rates of the nodes in the first
segment are set as [180, 200, 200, 200] packet/s. We can see that due to the high service

"Please note that the non-smoothness of analytical results (in Figs. 3.11, 3.15, and 3.19) is caused by
the [-] operator in determining the queue length bound N! for stage one queuing at the first node and
by the approximations we made for obtaining a more accurate deadline violation probability estimate (see
the explanations for Fig. 3.8).
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Figure 3.14: Packet delay at the second segment with varying packet service rates of the
first node p?.

reliability requirement, the BL packet throughput increases linearly with its arrival rate.
On the other hand, as )} increases, the inter-arrival time of successive BL packets is
smaller. More BL packets enter stage one queuing while the queue length bound, N}, for
EL packets is unchanged. Less EL packets can be served through the first node without
exceeding their service deadlines. Hence, the EL packet throughput decreases with A}.

The packet delays, deadline violation probabilities (in log-scale), and throughputs of
BL and EL packets at the second segment with varying p? are demonstrated in Fig. 3.14 -
Fig. 3.16, respectively. The packet service rates of the nodes in the first segment are set as
[300, 300, 300, 300] packet/s while the service rates of the nodes in the second segment are
(112,200, 200] packet/s. We can see that due to smaller packet queuing and service delays,
the BL/EL packet delay and deadline violation probability decrease with p?. Besides,
the BL packet throughput maintains the same as its arrival rate (i.e., A7, = A\j = A})
due to the high service reliability requirement, while the EL packet throughput gradually
approaches to its arrival rate (A\?) as u? increases due to a smaller V2. The close estimations
of BL/EL packet delay, deadline violation probability, and throughput using our proposed
performance analytical model compared to the simulation results validate the independence
approximation between two consecutive segments on the premise of a large u!. As discussed
in Subsection 3.2.3, when p' is large enough, the packet departure process at the first
segment (or the packet arrival process at the second segment) is approximated as a Poisson
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Figure 3.15: Deadline violation probability at the second segment with varying packet
service rates of the first node u?.
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Figure 3.16: Throughput at the second segment with varying packet service rates of the
first node p?.
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Figure 3.17: Throughput at the second segment with varying BL packet arrival rates A}.

process. Thus, the simulation results obtained for the second segment are similar to those
for the first segment. In addition, the BL/EL packet throughput at the second segment
with varying BL packet arrival rate (A}) is shown in Fig. 3.17, where the packet service
rates of the nodes in the second segment are set as [170, 200, 200] packet/s. Similar results
as in Fig. 3.13 are observed where the BL packet throughput increases linearly with its
arrival rate, while the EL packet throughput decreases with A}, as more BL packets join
stage one queuing which has a finite and fixed queue length bound, i.e., N2

Finally, the performances of E2E packet delays, deadline violation probabilities (in log-
scale), and throughputs of BL and EL packets with varying p? are evaluated in Fig. 3.18 -
Fig. 3.20, respectively. The packet service rates of the nodes composing the considered vir-
tual network topology (see Fig. 3.9) of the video streaming slice are set as [300, 300, 300, 300,
©?,200,200] in packet/s. The close analytical results compared to the simulation results
indicate the accuracy of our proposed performance analytical model which bases on the
segment-based analysis framework in Subsection 3.2.1 for slice-based E2E video packet
service with layered encoding.

3.3.2 Effectiveness of The Proposed Analytical Model

In the following, the effectiveness of the proposed performance analytical model is shown
with two application examples, where M/M/1 and M/D/1 are selected as the benchmark
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Figure 3.18: E2E packet delay with varying packet service rates of the first node in the
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Figure 3.20: E2E throughput with varying packet service rates of the first node in the
second segment 2.

models. First, the proposed performance analytical model can be applied for slice resource
reservation. We consider the virtual network topology in Fig. 3.9 for layer-encoded video
streaming service and suppose a target E2E delay of 49 ms for both BL and EL packets. For
the proposed performance analytical model, we assume that the virtual network topology
consists of only one segment for simplicity. A feasible node packet service rate configu-
ration to achieve the target BL/EL delay is [180, 212,200, 200, 200, 200, 200] packet/s. In
the benchmark models, packet service at each node is considered independent, and the
differentiated service reliability requirements between BL and EL packets are neglected.
The target E2E BL/EL delay is equally divided to each node, i.e., a per-node delay tar-
get of 7 ms, based on which the packet service rate reserved on each node is determined
accordingly. The average reserved packet service rate on each node in the considered vir-
tual network topology is shown in Fig. 3.21(a). Compared to the benchmark models, our
proposed performance analytical model achieves more accurate estimations of BL and EL
packet delays. Thus, fewer resources (i.e., packet service rate) are required for each node
to achieve the target E2E packet delay using the proposed analytical model.

In addition, the proposed performance analytical model can be utilized to determine
the key transport parameters in the customized caching-based packet retransmission func-
tionality for supporting enhanced video packet delivery, including the cycle of the periodic
timer and the minimum required caching buffer size for time-based caching buffer release.
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Figure 3.21: Average reserved per-node packet service rate and the minimum required
caching buffer size determined using different analytical models.
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Table 3.2: The performance of the caching-based packet retransmission scheme

Caching miss ratio (%) 1.4597

Caching buffer utilization (%) 82.0005
Packet retransmission delay (ms) 49.2115
Optimal packet retransmission delay (ms) | 49.0655

Specifically, we set the packet service rates of the nodes in the considered virtual network
topology as [180, 212, 200, 200, 200, 200, 200] packet/s and consider only BL packets for an
example. The packet delay between a remote video server on the Internet and the ingress
node is set to 10 ms. The cycle of the periodic timer is set by the estimated E2E BL packet
delay, and the minimum required caching buffer size for BL packets is determined according
to Eq. (3.1). Fig. 3.21(b) shows the minimum required caching buffer sizes (for BL packets)
calculated using different analytical models. The performance of the caching-based packet
retransmission scheme with the caching buffer size set based on our proposed performance
analytical model is given in Table 3.2. It is seen that compared to the benchmark models,
fewer caching resources are required with our proposed performance analytical model due
to more accurate E2E BL packet delay estimation. Meanwhile, the proposed caching-based
packet retransmission scheme performs well and achieves low caching miss ratio caused by
‘release-before-arrival’ BL packets, high caching buffer utilization, and near-optimal packet
retransmission delay, compared to the optimal case when the caching miss ratio is 0.

3.4 Summary

In this chapter, we have developed an E2E performance analytical model for layer-encoded
video packet service over a core network slice. A segment-based E2E analysis framework
is proposed, where a two-stage queuing model is established to determine per-segment
service performance with the consideration of discrepant service reliability requirements
of BL and EL packets. The independence between two consecutive segments is achieved,
based on which the E2E service performance is determined, including E2E BL/EL packet
delay, deadline violation probability, and throughput. Simulation results demonstrate the
proposed analytical model outperforms the benchmarks as well as its effectiveness in de-
termining the sliced node service rates and transport-layer protocol parameters.
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Chapter 4

Energy-Efficient Multi-User Adaptive
360° Video Streaming: A Two-Step
Approach with Device
Super-Resolution

Tile-based adaptive 360° video streaming suffers from transmission rate fluctuations and
inevitable FoV prediction errors. A large playback buffer occupancy ensures high video
playback smoothness, whereas reducing the FoV prediction accuracy due to a large predic-
tion time gap, thereby affecting user perceived FoV quality. In contrast, it is more efficient
to transmit the predictive FoV tiles with high bitrate levels when the playback buffer occu-
pancy is small due to the high FoV prediction accuracy. However, it also increases the risk
of video stalling under transmission rate variations. Thus, an adaptive streaming scheme is
critical for tile-based adaptive 360° video streaming, which considers the interplay among
video playback smoothness, perceived FoV quality, and FoV prediction accuracy.

There are many existing works addressing this dilemma, focusing on single-user 360°
video streaming. For example, leveraging the saliency and motion maps extracted from a
particular 360° video, content-aware and trajectory-based prediction approaches have been
developed to achieve more accurate FoV predictions [70, 16, 71]. In addition, probabilistic
FoV prediction methods have been proposed to accommodate possible FoV prediction
errors [72, 47]. Extension tiles are adaptively appended to the predicted FoV based on
the recent prediction accuracy to form an extended FoV [73]. On the other hand, some
works focus on the playback buffer management for an accurate FoV prediction. The
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maximum playback buffer length of a video player (i.e., HMD) is set to a small value (e.g.,
3-5s) to guarantee high FoV prediction accuracy with a short prediction time gap. To
balance between video playback smoothness and perceived FoV quality, multiple two-tier
streaming schemes have been proposed [23, 24, 47, 74]. During the streaming, a user can
either download a new video chunk with the lowest bitrate level (i.e., base tier) to improve
the video playback smoothness or download the updated FoV tiles of a prefetched chunk
with a higher bitrate level (i.e., enhancement tier) to enhance the perceived FoV quality.

Recent advancements in VSR techniques open another promising direction to further
enhance the viewing QoE of 360° video users. Multiple lightweight deep neural network
(DNN)-based VSR models, customized for the tile-based 360° video streaming service, have
been developed [19]. Typically, to train a VSR model offline, a pair of low-resolution and
high-resolution tile frames (i.e., a video tile in a frame of a 360° video) of the same video
tile is used as the input and output of the VSR model as one training data sample. Each
VSR model is trained to learn how to reconstruct a tile frame from a low-resolution one to
a high-resolution one (e.g., 240p — 480p). During the inference stage, the reconstruction of
an encoded video tile usually goes through the sequential steps of decoding, reconstruction,
and re-encoding, which requires certain computations and incurs additional reconstruction
time. Many works have investigated VSR~assisted adaptive 360° video streaming by lever-
aging the computing capability of an edge server and /or a user device [75, 76, 71, 77, 78, 79].
A video tile with a low bitrate level can be transmitted by a remote video server and then
reconstructed into a target bitrate level by the edge server or the user device before be-
ing put into the playback buffer. A pair of download and reconstructed bitrate levels
is adaptively determined for each video tile to balance between transmission time and
reconstruction time.

In this chapter, we consider multi-user 360° video streaming in a time-slotted system
and propose a two-step adaptive streaming scheme to achieve enhanced viewing QoE.
Specifically, each video chunk is first prefetched based on the predictive FoV, and the
FoV quality of the chunk is then enhanced at a closer-to-playback time instant based
on the updated FoV with improved prediction accuracy. Comparing the predictive FoV
with the updated FoV of a video chunk, two types of tiles, i.e., miss-predicted and hit
tiles, are respectively enhanced. Transmission-driven and device-VSR-driven methods for
chunk enhancement are proposed, which are adaptively enabled for both miss-predicted
and hit tiles to achieve device energy-efficient FoV quality enhancement. In order to
determine when to prefetch a new video chunk or enhance a prefetched chunk, a time-
difference approach is applied to characterize the incremental QoE gain of each user at
any slot, based on which the best candidate chunk is determined. A single-shot problem
is then formulated for maximizing the total incremental QoE gain while minimizing the
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Figure 4.1: The considered network scenario.

total device energy consumption. A PSO-based solution is developed to determine the
per-slot optimal decisions for different users, including bandwidth allocation, bitrate level
selection, and enhancement method selection. Extensive simulation results demonstrate
that our proposed solution outperforms benchmark schemes in terms of average viewing
QoE, average device energy consumption, and average utility.

4.1 System Model

4.1.1 Network Scenario

We consider a multi-user on-demand 360° video streaming service, as shown in Fig. 4.1,
where time is slotted with constant duration 7. Multiple video users under the coverage
of a base station (BS) request 360° videos asynchronously which may have different video
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lengths. Each user’s streaming request is initiated at the beginning of a slot. In each slot,
we consider only active users who have an ongoing 360° video streaming session. Let U; be
the set of users at slot t. For each user u € U;, the playback buffer at slot ¢ is denoted by
B: ., which contains the indexes of all prefetched video chunks to be played at slot ¢, and
the playback buffer occupancy at slot ¢ is given by O, ,, seconds’. The BS is pre-configured
with a total radio spectrum bandwidth of {2 MHz for wireless video data transmission.

Content-aware VSR is considered to support video quality enhancement [71]. A par-
ticular DNN-based VSR model is pre-trained for each 360° video and stored in a remote
server with the 360° video. The VSR models in [79, 80, 81, 82] featuring a scalable DNN
structure can be adopted, which can take input with arbitrary sizes and scaling factors.
When a user initiates a 360° video streaming request to a remote server, the server sends
back the media presentation description (MPD) file and the pre-trained VSR model of
the requested 360° video to the user. Due to the small sizes of an MPD file and a VSR
model, e.g., 1 MB, the time for transmitting the MPD file and the pre-trained VSR model
at the initial stage of a 360° video streaming session is neglected. Each VSR model lever-
ages the computing capability of a user device (i.e., HMD) to reconstruct a video tile
from a low-resolution (or low bitrate level) to a higher-resolution (or higher bitrate level).
Early simple interpolation methods, such as Bicubic, are essentially rule-based methods.
Local information (i.e., pixels) is utilized to scale up images, which fail to recover or recon-
struct details. In contrast, DNN-based VSR algorithms (e.g., convolutional neural network
(CNN)-based) attempt to predict and reconstruct details by learning high-level features of
images. Compared to simple interpolation methods, DNN-based VSR algorithms achieve
superior reconstruction performance, especially when the video content involves complex
scenes and textures. For example, DNN-based VSR algorithms can achieve a peak signal-
to-noise ratio (PSNR) of 40 dB [78, 83], a video multimethod assessment fusion (VMAF)
score of 80 [30], or maintain high deterministic and statistical fidelity [$1]. With content-
aware VSR being considered, due to the small focused area of a video tile and the inherent
overfitting property of DNN, near-zero training error can be achieved [75]. A pre-trained
VSR model for a particular 360° video can well learn the features that map a low-resolution
video tile to a higher-resolution one. Thus, we assume that a video tile with an original
bitrate level 7, achieves the same perceived quality as the same tile that is reconstructed
from a lower bitrate level to the bitrate level r; [76, 77]. This assumption hardly holds
for simple interpolation methods, which often produce blurry images. In addition, simple
interpolation methods incur only a few computations, and the device energy consumption
and time overhead can be neglected. Conversely, DNN-based VSR algorithms incur much

!Throughout this chapter, we assume that all the mathematical sets are finite and their elements are
sorted in an ascending order.
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Figure 4.2: Video traffic model.

more computations and energy consumption, which need to be considered.

4.1.2 Video Traffic Model

As shown in Fig. 4.2, each 360° video is temporally divided into multiple consecutive
video chunks, with each video chunk of 7, seconds. The duration of a time slot is smaller
than that of a video chunk (i.e., 7 < 7T.), and T, is assumed to be divisible by 7. Let
Z, = {1,2,--- ,|Z,|} be the set of video chunks of user u, indexed by ¢ € Z,. Each
video chunk is further spatially partitioned into a set of non-overlapping video tiles (e.g.,
4 x 6), denoted by J = {1,2,---,|J|} and indexed by j € J. To support adaptive
tile-based 360° video streaming, constant bitrate (CBR) format is considered for video
tile encoding [74, 85]. Each video tile is encoded into multiple bitrate levels denoted
by R = {7“1,7’2, e vT\R\} and indexed by r, € R, corresponding to different video tile
resolutions. A video tile with a higher bitrate level has a higher quality. Let RT = {ro}UR
with rog = 0.

4.1.3 Two-step Adaptive Streaming Framework

Considering the interplay among video playback smoothness, perceived FoV quality, and
FoV prediction accuracy in tile-based 360° video streaming, we propose a two-step adaptive
streaming approach, as shown in Fig. 4.3. Each video chunk can go through two sequential
steps, i.e., chunk prefetching and enhancement. In the prefetching step, a new panoramic
chunk is prefetched, where the predictive FoV tiles are downloaded with a selected bitrate
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Figure 4.3: The proposed two-step adaptive streaming framework.

level, and the peripheral tiles outside the predictive FoV are downloaded with a basic
bitrate level (i.e., r1) to avoid blank screen. In the enhancement step, a prefetched chunk
is selected to enhance the FoV quality based on the updated and more accurate FoV. With
the two-step approach, video playback smoothness is improved by prefetching new video
chunks, while the FoV quality of each prefetched chunk is enhanced with the updated FoV
that is more likely to be watched by a user. For simplicity, we consider that each video
chunk is enhanced at most once. Comparing the predictive FoV in the prefetching step
and the updated FoV in the enhancement step, there are two types of video tiles, i.e.,
miss-predicted tiles and hit tiles. Miss-predicted tiles are those covered by the updated
FoV but not by the predictive FoV of a video chunk and thus have a basic quality. Hit
tiles are the ones covered by both the predictive and updated FoVs of a video chunk. As
shown in Fig. 4.4, we consider transmission-driven and device-VSR~driven methods for the
chunk enhancement. In the transmission-driven method, miss-predicted or hit tiles with an
enhanced bitrate level are directly transmitted from a remote server to its intended user.
In the device-VSR-driven method, the prefetched miss-predicted or hit tiles are locally
reconstructed to a target enhanced bitrate level by the user device.

At each slot, a user either chooses to prefetch a new chunk based on the predictive
FoV or enhances a prefetched chunk in the current playback buffer based on the updated
FoV. Note that chunk prefetching or enhancement at the slot does not affect the chunk
currently being played. Besides, as all tiles covering the entire video scene are downloaded
when each chunk is prefetched, tiles not covered by both the predictive and updated FoVs

76



Pretrained VSR model

Prefetched tiles @O Device VSR-driven

Enhanced tiles

. —> Enhanced tiles
Transmission-driven

Remote server .
Video playback
Chunk i+2| Chunk i+1 -—>

Playback buffer

o

Figure 4.4: Enhancement methods.

can be used to accommodate unanticipated user viewing orientation changes. For example,
when users frequently rotate their heads during playback of a chunk, the video content in
any direction is at least visible without blank areas.

In order to track the streaming performance over time for a user, two auxiliary vectors
are defined for user w at slot t: A;, = (Atui i €Z,),u € U for the (average) FoV
quality of each chunk, where A,,; denotes the FoV quality of chunk ¢ at slot ¢; e, =
(€tmisi € ZL,),u € Uy for the chunk enhancement status, where e;,; = 1 indicates video
chunk ¢ has been enhanced before slot ¢ and 0 otherwise. If a new video chunk is prefetched,
the chunk index is given by i# = g%n {i, Aui = 0}. Let Jf; be the set of predictive FoV

tiles when a new video chunk is prefetched, and the assigned bitrate level of the predictive
FoV tiles is denoted by 7"5 »- Moreover, let 7"5: ; and jfi record the bitrate level and the set
of predictive FoV tiles, respectively, when video chunk 7 is prefetched. Thus, when video
chunk ¢# is prefetched, we have rf: w4 =T, and jui.# = Jf,. Then, A, 1, + is updated by

At—i—l,u,i# = Q(Tfu) (4.1)

where ¢ (rp) = =22 [77].

TIR|
When prefetched chunk i € B, , in the current playback buffer is enhanced, the updated
FoV of prefetched chunk i is denoted by jﬂu Comparing the predictive FoV when video
chunk 7 is prefetched, i.e., jfi, with the updated FoV, the sets of miss-predicted and hit

: M E P H E P : M
tiles are denoted as J; ; = J\ \Tu; and T = T/ s N Ty, vespectively. Let 7, ; and
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r{{m be the enhanced bitrate levels of miss-predicted and hit tiles, respectively, and we

have

M
Tt >

H P
Tt7u,i 2 ru,i'

(4.2)
Then, we have e;11,,; = 1, and the FoV quality of prefetched chunk i, i.e., Ay 1,4, is
updated by
A o ‘\ij\gz‘ Q(T%”) + |\7tl_1[u| Q(Tfluz)
t+1u,0 — .
: [T

(4.3)

Moreover, let p}l,; = {0,1} and p{?,; = {0,1} be the enhancement method indicators
for the miss-predicted and hit tiles of prefetched chunk i, respectively, where p, ;/pf’,; = 0
for the transmission-driven method and p}}, ;/pf?, ; = 1 for the device-VSR-driven method.

4.1.4 Communication Model

At each time slot, the BS allocates orthogonal bandwidth among users to support chunk
prefetching and/or transmission-driven chunk enhancement. Let w;, = [0,1],u € U; be
the fraction of bandwidth allocated to user u at slot ¢, with the wireless transmission rate
Kt given by

Kiu = Wiy 21ogy(1 4 & a) (4.4)

where & ,, denotes the signal-to-noise ratio (SNR). We assume that the wireless link between
the BS and a user is the bottleneck during E2E video data transmission from a remote
server to the user.

The total fraction of bandwidth allocated to all users at any slot ¢ should not exceed
1, given by

> wp. < 1VE (4.5)

u€EUy

4.1.5 Delay Model

Next, we analyze the total experienced delay for user v € U, when a new video chunk is
prefetched or when a prefetched chunk is enhanced at slot . When a new video chunk is
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( - pt,u,z’) Kt,u 7pt,u,z‘ ‘\Zf,u,i‘ (rbU(Tl’ rt,u,i)

prefetched, the delay for transmitting the chunk from a remote server to the user, denoted
by dF | is given by

tou)

[T\TLl s(r1) + | T s(ri)

"it,u

dp, = 1(rf, # o) (4.6)

where 1 (a) is an identity function which equals 1 if condition a is true and 0 otherwise and
s (+) returns the size in Mbits of a video tile given a bitrate level r, with s (1) = r7e. In
the numerator of (4.6), the first and the second terms represent the total sizes of peripheral
tiles and predictive FoV tiles, respectively.

When prefetched chunk ¢ is enhanced, the experienced delay, denoted by dfu, depends

on both the enhancement methods and the enhanced bitrate levels for the miss-predicted
and hit tiles, given by

7A b
af, = 1(pf, = pM ) - dlt + 1o, # i) -’ (4.7)

where df -4 and df B are given in (4.8) and (4.9), respectively. In (4.7) and (4.8), df 2
calculates the total delay when the miss-predicted and hit tiles are enhanced via the same
method, df ;LB calculates the total delay when the miss-predicted and hit tiles are enhanced
via different methods in parallel, and ¢, (7, ;) represents the time for reconstructing a
video tile from bitrate level r;, to a higher bitrate level r; by user device, where r; > 1,

with ¢, (ry,75) = 0 [79].

79



4.2 Problem Formulation

4.2.1 User Viewing QoE

User viewing QoE consists of three components: average perceived FoV quality, average
video stall time, and average temporal quality smoothness across all video chunks of a
user [80, 87, 88]. The average temporal quality smoothness captures the average perceived
FoV quality variations between consecutive video chunks. Formulating user viewing QoE
is challenging: First, with the proposed two-step adaptive streaming approach, each video
chunk can go through the two sequential steps of prefetching and enhancement, which
happen at two different time slots. Second, the average perceived FoV quality and the
average temporal quality smoothness are two QoE components that are measured on the
basis of video chunks, whereas the average video stall time is a QoE component measured
based on the dynamics of a user’s playback buffer over time. In the following, we leverage
a time-difference approach to analyze each QoE component individually.

(1) Average Perceived FoV Quality

Let Qtluz,z € 7, be the perceived FoV quality for video chunk ¢ of u at slot ¢ with
FoV quality A;,;. The impact of FoV prediction accuracy on the FoV quality perceived
by a user needs to be considered. In the chunk prefetching step, a high bitrate level can
be assigned to predictive FoV tiles when the current playback buffer occupancy of a user
is small, that is when the FoV prediction accuracy is high with a small prediction time
gap. On the other hand, it is more effective to enhance a prefetched chunk closer to its
playback time, as the updated FoV is more accurate and more likely to be the actual FoV
a user will watch during the playback of the chunk. We define an effective factor vector
for user w, denoted by i, = (fiui i € Z,), to characterize the impact of FoV prediction
accuracy when a new video chunk is prefetched or a prefetched chunk is enhanced, which is
updated over time. Specifically, when a new video chunk i# is prefetched at slot ¢, f, it
is updates as

Oy
frotuir =1 — % (4.10)

where B is a constant for normalization.
When prefetched chunk i € B, , is enhanced, fiy1,, is updated as
(Bt_; (Z) - 1)+ T, + Etu
B

where (z)" = max(z,0), &, denotes the unplayed time of the video chunk currently being
played, and B, .+ (i) indicates a reverse function that returns the index of element i in B,

Jerrui =1 — (4.11)
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Then, the perceived FoV quality for video chunk i is given by Q%m = At wifiui- The
average perceived FoV quality, denoted by Q;u, is given by

1
Qf}u = 1Z Z Qtluw u € U. (4.12)

1€Ly

(2) Average Video Stall Time

Let Q7, be the average video stall time of user u at slot . When a new video chunk
of user u is prefetched at slot ¢, the video stall time at slot ¢ is given by (7 — Ot7u)+, and
the average video stall time is updated as Q? = Qiu + ﬁ (t— Ot7u)+. The playback
buffer occupancy is updated as

Opp1u = (Opu — )" +T.. (4.13)

When prefetched chunk i € B, ,, is enhanced, the video stall time is 0 since FoV quality
enhancement does not affect the smooth playback of the chunk, thus Q7 , = Q7,. The
playback buffer occupancy is updated by

Ot+1,u = (Ot,u - T)+ . (414)

Finally, when neither chunk prefetching nor enhancement is performed, the video stall
time at slot ¢ is (7 — Oy,)", and the average video stall time is updated by Qi1 =

Q?u + ﬁ (t— Otvu)Jr. The playback buffer occupancy is updated as Oy14 = (O — 7"
(8) Average Temporal Quality Smoothness

The average temporal quality smoothness of user u € U, at slot ¢, denoted by qu, is
given by

Zu|
1
Q?,u = Z |Qz,u,i - Ql},u,i—l ‘ (415)
2ol -1
Let G}, G7,, and G}, represent the incremental gains in terms of different QoE com-

ponents of user u € U; at slot ¢, respectively, given by

1 _ Nl 1

Gt,u - Qt+1,u - Qt,u

Giu= Q. — QFu (4.16)
3 _ )3 3

Gt,u - Qt+1,u T Wtur
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Figure 4.5: An example playback buffer of a user u € U; at slot t.

The incremental QoE gain of user u € U, at slot t is given by
Giu = oGy, — BG}, — G}, (4.17)

where «, 3,7 € [0, 1] are the importance coefficients regarding different QoE components,
which can be flexibly set to represent various QoE objectives?. The viewing QoE of user
w is then given by > 1(u € Uy)Gt,. Note that for an accurate user viewing QoE model,

t
the values of «, 8, and v must be carefully adjusted while considering many other factors,
such as the video content, which is out of the scope of this work. Many previous studies
have investigated QoE modeling for adaptive (360°) video streaming [39, 90].

4.2.2 Best Candidate Chunk

As a comprehensive evaluation of viewing experience, it is challenging to optimize the user
viewing QoE due to dynamics of user viewing behaviors (i.e., changing viewing orientation
and the number of video tiles covered by an FoV) and video streaming requests (i.e., the
time instant when a streaming request is initiated and the requested 360° video). In the
following, we develop a solution to enhance multi-user viewing QoE under user device
energy constraints.

Fig. 4.5 shows an example playback buffer of a user u € U; at slot ¢, where chunk 7 is
the video chunk currently being played, chunks i+ 1 - 43 are prefetched chunks that have

2Moreover, multiple users with different QoE requirements can set user-specific importance coefficients
by preference.
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(4.18)

not been played, and chunk i + 4 is the to-be-prefetched chunk. The prefetched chunks
and the to-be-prefetched chunk are referred to as ‘candidate chunks’. Our main idea is
to first estimate the achieved largest possible incremental QoE gain, denoted by A, ;,
for each candidate chunk. Specifically, for each candidate chunk ¢, the achieved largest
possible perceived FoV quality, denoted by Qtl 41,4 15 estimated based on the following
two principles: 1) The incremental gain in terms of average perceived FoV quality must
be no less than the penalty of average temporal quality smoothness, which is given in
(4.18). Note that only the adjacent chunks that have already been enhanced before slot ¢
are accounted for the penalty of average temporal quality smoothness, since the adjacent
chunks that have not been enhanced at slot ¢ (i.e., e;,,; = 0) have the chance of being
enhanced in future slots. For example, in Fig. 4.5, when prefetched chunk 742 is enhanced
at slot ¢, only the adjacent chunk ¢ + 1 with e;, ;41 = 1 is considered in the estimation of
the achieved largest possible perceived FoV quality for chunk ¢ + 2; 2) For each candidate
chunk i, the perceived FoV quality must satisfy Qf,; < Q1. < fis1ui- Then, the
perceived FoV quality of each candidate chunk ¢ can be maximized as in (Py).

(Po) : max f(Q%+1,u7i) (4.19)
Qit1u,i

s.t. Qtluz < Qtlﬂ,u,i < frriui (4.20)

F Q1) > 0. (4.21)

Proposition 1. The optimum of (Py) is obtained at the boundary values of Q%—f—l,u,i'
Proof. The proof of Proposition 1 is provided in Appendix. O

According to Proposition 1, the largest perceived FoV quality for each candidate chunk
i of user u at slot ¢, i.e., Q} 41,05 18 estimated. Then, the best candidate chunk that achieves
the largest possible incremental QoE gain is given by

1
|Z.]

z;‘u = arcmax A, ; = arcmax {f (Qtlﬂuz) —p (1 — Ot7u)+} ) (4.22)
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If the best candidate chunk is the to-be-prefetched chunk, then chunk prefetching is
performed at slot ¢, and the user is termed as a prefetching user. Otherwise, chunk enhance-
ment is performed at slot ¢, and the user is termed as an enhancement user. Hereafter, we
use ¢ instead of ¢* to indicate the best candidate chunk for brevity.

4.2.3 Problem Formulation

A single-slot problem is formulated to allocate bandwidth among multiple users, select the
bitrate level of predictive FoV tiles for the best candidate chunk of each prefetching user,
and determine the enhanced bitrate levels and enhancement methods of the miss-predicted
and hit tiles for the best candidate chunk of each enhancement user. Let U/ and UF be
the sets of prefetching and enhancement users at slot t, respectively. The total delay for
chunk prefetching or enhancement needs to be smaller than the slot length, given by

diy, <Tueldf (4.23)
di, < Tuelf. (4.24)

Moreover, device energy is consumed when the best candidate chunk of an enhancement
user is enhanced through the device-VSR-driven method, which is critical to consider due
to an HMD’s limited battery capacity. Let E;, be the incremental average (normalized)
device energy consumption of user u at slot ¢, given by

M M M H H P H
E o Iot,u,i ‘¥7t,u,i‘ gb(m, Tt,u,i) + pt,u,i |\7t,u,i| ¢(ru,i7 rt,u,i)
tau —

7 T |Iu‘

(4.25)

where E;,, = 0 for any u € UF. At each slot, the objective is to maximize the total
incremental QoE gain while minimizing the total incremental average device energy con-
sumption to achieve energy-efficient multi-user viewing QoE optimization. The single-slot
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problem is formulated as

(Py) : max dowl+ >y wl (4.26)

Wt,usTg a0 P E
JH M o M UEU; uelly
t,u,t? t,u,i’pt,u,i’pt,u,i

st (4.5), (4.23), (4.24)

re, € RN ueuf (4.27)
rfm € R, rtHM > Tiw u € Z/ItE (4.28)
reni € Rori >, u €U (4.29)
pfm,pi\iﬁ ={0,1},ucUf (4.30)

where \Pf =f (Q%ﬂﬂm) - Bﬁ (7' - Ot,u)+, \IJE =f (Q%ﬂ,uﬂ') - Bﬁ (7' - Ot,u)+ - 5Et,ua

and § = [0, 1] is the importance coefficient regarding device energy consumption.

Note that (P;) is a mixed-integer non-linear programming (MINLP), which is NP-hard
[91]. In the next section, we develop a PSO-based iterative solution to solve the problem.

4.3 PSO-based Iterative Solution

4.3.1 Problem Decomposition

Given the bandwidth allocation decisions wy ,,, u € Uy, the bitrate level and/or enhancement
method selection decisions for a user are independent of those for the other users. Thus,
(P1) can be decomposed into multiple independent per-user subproblems, expressed as
(P2 — 1) and (Py — 2), where (Py — 1) represents the subproblem for each prefetching
user u € Ul at slot ¢, and (P, — 2) represents the subproblem for each enhancement user
u € UF at slot t.

(Py—1): max vP (4.31)

Tt,u

st (4.23), (4.27)

(Py—2) : max v (4.32)
Tﬁu,i’Tt,u,i’p{,Iu,i’pi\:{J,,i “

s.t. (4.24), (4.28), (4.29), (4.30)
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Given wy,,, u € Uy, the objective of (Py) is obtained by solving the subproblem of each
user according to the user type (i.e., prefetching or enhancement user). As both (Py — 1)
and (P, — 2) have only discrete decision variables and the size of the bitrate level set |R|
is small (e.g., 5), the sizes of the solution spaces for (P, — 1) and (P — 2) are |Rf| and
4|R|x|R/|, respectively. Therefore, we enumerate all feasible combinations of decisions and
find the one that obtains the maximal objective value to determine the optimal decisions
of (Py — 1) and (Py —2).

4.3.2 Algorithm Design

We propose a PSO-based solution to solve (P;), where the bandwidth allocation decisions
are iteratively optimized through the PSO algorithm, and the bitrate level and/or the
enhancement method selection decisions are made by solving the subproblem of each user
(i.e., (P2 —1) or (Py —2)). The flowchart of the proposed PSO-based solution is shown
in Fig. 4.6. Specifically, we consider a particle swarm of size N. The position of particle
n, denoted by x, = (xnvl, Tpo, - ,xn,|ut|), is a multi-dimensional vector with dimension
D = |Uy|, representing a feasible bandwidth allocation among users, i.e., x,, = {w,, u €
U;}. Let K be the total number of iterations. The inertia weight is denoted by w. Two
acceleration coefficients, also termed as cognitive and social factors, are denoted by c¢;
and ¢y, respectively. In the initialization stage of the PSO algorithm, the positions of N
particles are first initialized with the Dirichlet distribution, which meets the constraint
(4.5). The velocity of particle n, denoted by v, = (’UnJ,UmQ, e 7Un,|ut\>, is initialized
with each dimension v, 4 € [Umin, Vmax|, Where vmin and vm.x are the minimal and maximal
velocities, respectively. The personal best position and fitness value (i.e., the objective
value of (Pq)) of each particle are initialized using its initial position and the corresponding
fitness value, respectively. The global best position and fitness value within the swarm are
initialized by the particle that has the largest personal best fitness value. Let the algorithm
iteration index k = 1.

For each iteration k, the position and velocity of particle n are updated as (Step 1)

Uf;d = wka;ll + 164 (xf,d —xfl’_dl) + 20, (xdG —xf;dl) (4.33)

ak = (iE]:L;ll + sz;d)Jr (4.34)

n,

where 61,05 € [0,1] are two random numbers, :ci 4 is the d-th dimension of the personal
best position of particle n, and 2§ is the d-th dimension of the global best position within
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Input: Swarm size; The total number of iterations;
Particle dimension; Inertia weight; Acceleration
coefficients

I

Initialization: The position and velocity of each
particle; The personal best position and fitness
value of each particle; The global best position and
fitness value of the swarm; Iteration index k= 1

|‘

v

Step 1: Update the position and velocity of each
particle

y

Step 2: Calculate the fitness value of each particle

y

Step 3: Update the personal best position and
fitness value of each particle
l k=k+1

Step 4: Update the global best position and fitness
value of the swarm

y

Step 5: Update the inertia weight

Stopping criteria:
k>=K?

Yes

Output: The global best position and
fitness value

End

Figure 4.6: The flowchart of the proposed PSO-based solution.
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Figure 4.7: The convergence performance of the proposed PSO-based solution at sample
slots.

|| ||
the swarm. If )7 xF, > 1, 2} ; is projected onto zf ;,/ >~ x¥ ; to satisfy the constraint
=1

d=1
(4.5).

Next, the fitness value of each particle is calculated, and the personal best position
and fitness value are updated (Steps 2 and 3). Then, the global best position and fitness
value of the swarm are updated (Step 4). Finally, inertia weight w is updated with an
adaptive linear decreasing method to balance the global exploration and local exploitation
capabilities of particles within the swarm (Step 5), given by

k k

W = Wmax — (wmax - wmin) E

(4.35)

where @y, and wy. denote the minimal and maximal inertia weights, respectively. The
global best position and fitness value of the swarm are output when the number of iterations
reaches K.

Fig. 4.7 shows the convergence performance of the proposed PSO-based iterative solu-
tion at sample slots [92, 93]. The proposed PSO-based two-step algorithm is summarized
in Algorithm 1. At slot ¢, the best candidate chunk of each user is first determined (line
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Algorithm 1: PSO-based Two-Step Adaptive 360° Video Streaming

Input: Uy, Bru, Orus Avus €t Truy Ty Thio vl T

for slot t do

Determine the best candidate chunk of each user u € U,

Obtain the optimal bandwidth allocation decisions wy,, u € U,

Solve (Py — 1) or (Py — 2) for each user u € U; based on the allocated
bandwidth w,, and the user type

6 Update Ay, €y, fiu, rii, qu,Di

. P H M H M
7 OUtPUt Wt 5 Tt,u; Tt,u,ia rt7u7z'7 pt,u,i? pt,u,i

[ N I

3). Next, the proposed PSO-based solution is applied to obtain the optimal bandwidth
allocation decisions, i.e., wy,,u € U; (line 4). Then, based on the allocated bandwidth
Wy, the subproblem (Py — 1) or (Py — 2) is solved for user u based on the user type to
obtain the optimal bitrate level and/or the enhancement method selection decisions, i.e.,
rf,or (rf s s pitgs i) (line 5). At the end of each slot, Ay, €y, iy, 7o, and
jfz- are updated for each user based on the determined optimal decisions (line 6). For the
practical implementation of Algorithm 1, at any slot, each user first determines the best
candidate chunk. Then, the current streaming performance and the related information of
the best candidate chunk (e.g., the set of predictive FoV tiles or the sets of miss-predicted
and hit tiles) are sent from the user to the BS. The BS determines the bandwidth alloca-
tion among different users. Finally, each user determines the other decisions based on the
allocated bandwidth and user type, and sends a corresponding video content request to

the intended video server.

The time complexity of Algorithm 1 consists of two parts. The best candidate chunk of
each user at any slot ¢ is first independently determined (in parallel), requiring a running
time of at most O (B), where B is the maximum number of prefetched chunks in the
playback buffer of a user. Then, the proposed PSO-based solution is applied, consuming
at most O (NK |U;] |R|2) time. Overall, the time complexity of Algorithm 1 is O (B) +

O (NK [th|[R]?).

4.4 Performance Evaluation

In this section, simulation results are presented to validate the performance of our proposed
two-step adaptive streaming scheme based on real data traces® [16]. All the experiments

3https://github.com/360VidStr/A-large-dataset-of-360-video-user-behaviour

89



Table 4.1: Main simulation parameters

Parameters Values
Video chunk length T, 1s
Time slot length 7 0.25 s
Transmit power of the BS 43 dBm
Pass loss exponent 3.4
Noise power 1078 W
Video tiling layout 4x8
FoV 100° x 100°
Video chunk bitrate levels [2.5,5,8,16,40] Mbps
Importance coefficients («, 3,7) (%, %, %), (%, %, %), or (%, %, %)

are conducted using Python 3.10.0 and FFmpeg?. FFmpeg is leveraged for video cropping
(i.e., video chunk and tile), encoding, and FoV stitching, while tile-based adaptive 360°
video streaming is simulated using Python. The main simulation parameters are given in

Table 4.1.

4.4.1 Data Trace Preprocessing

The selected data traces contain ten 360° videos and the viewing orientations of 50 subjects
for each 360° video. The viewing trajectories are given in radian in terms of yaw (from —m
to m) and pitch (from —7 to 7).

As shown in Fig. 4.8, we consider a 4 x 8 tiling layout and an FoV of 100° x 100°. The
panoramic video scene is spatially partitioned into 32 video tiles, each of which covers a
45° x 45° square viewing span and is indexed in raster-scan order [20]. For a predicted
viewpoint (i.e., yaw and pitch), we first conduct sphere-to-plane coordinate transformation,
which maps the predicted yaw (6;) and pitch (p;) in the spherical coordinate system to
the horizontal (w; € [0°,360°]) and vertical (h; € [0°,180°]) coordinates in the projected
2D video plane [94]. Then, the set of tiles covered by the predicted FoV is obtained.

‘https://ffmpeg.org/

90



Yaw

0° w 360°

1l2]3f4]s5(6]7]8]vaw (/’,»=hi~%_%,H:180° 4’
9 |10 11| 271314 |15]16 Pitch
h 171811920 (21|22|23 (24 < > AN Y >
25(26|27|2812913031 |32 0, =w - 2Z W =360°
FoV: 100° x 100° W Roll //
180° ¥ Pitch il *

Viewed tile IDs: [12, 13, 14,
20, 21, 22, 28, 29, 30]

Figure 4.8: The considered video tiling layout with sphere-to-plane coordinate transforma-
tion.

4.4.2 Simulation Settings

We consider that || users are uniformly distributed within the coverage (500 m) of a BS
and asynchronously request one of the two 360° videos (3840 x 2160) selected from the real
data traces. The transmit power of the BS is 43 dBm. The channel gain between the BS
and a user consists of path loss, log-normal shadow fading with a standard deviation of 8

dB, and Rayleigh-distributed fast fading with scale parameter ‘/75 (95, 96]. Video chunk
length 7. = 1 s, and the slot length 7 = 0.25 s [76, 77]. Following the recommended

encoding settings by YouTube®, each video chunk can be encoded into five bitrate levels:
480p (2.5 Mbps), 720p (5 Mbps), 1080p (8 Mbps), 2K (16 Mbps), and 4K (40 Mbps). Each
video tile consumes 3—12 bitrate of a video chunk [78]. The tile reconstruction time for a
given pair of bitrate levels, i.e., ¢, (7p,73), 7 > 75, is set according to experimental data
from related works, where VSR models are offline trained with NVIDIA GPUs (e.g., V100
or GTX 1080) [75, 79]. The pretrained VSR models are applied for tile reconstruction,
where the multi-threading technique is leveraged to accelerate the processing and achieve
a per-tile reconstruction time at the millisecond level. Moreover, linear regression (LR) is
adopted for FoV prediction using the recent past 3-s viewing orientations (i.e., pitch and
yaw) at a sampling frequency of 5 Hz [7, 76]. According to empirical data, the importance
coefficient regarding device energy consumption ¢ is set to 0.04.

We consider three existing streaming schemes as benchmarks for performance compar-
ison, termed as Flare, SDSR, and RAM, respectively, as shown in Fig. 4.9. Specifically,

Shttps://support.google.com/youtube/answer/17221717hl=en
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Comparative schemes One step
Device VSR assistance | Adaptive chunk enhancement
Flare X X
SDSR v X
Comparative schemes Two-step
Device VSR assistance | Adaptive chunk enhancement
RAM X v
Proposed v v

Figure 4.9: The considered benchmark schemes for performance comparison.

e Flare [97]: A typical tile-based streaming scheme. Video chunks are progressively
downloaded based on the predictive FoVs;

e SDSR [78]: A device-VSR-assisted streaming scheme. The predictive FoV tiles of
each video chunk are first downloaded and then locally enhanced by the user de-
vice. A pair of download and enhanced bitrate levels is adaptively determined to
balance transmission time with reconstruction time. Device energy consumption is
not considered;

e RAM [71]: A two-layer streaming scheme. At each slot, either a new video chunk is
prefetched with a basic quality or a prefetched chunk in the current playback buffer
is selected to be enhanced via only the transmission-driven method.

4.4.3 Simulation Results

Fig. 4.10 - Fig. 4.12 show the performance of different schemes in terms of average viewing
QoE, average (normalized) device energy consumption, and average utility, which incorpo-
rates both user viewing QoE and device energy consumption, under various QoE objectives.
The number of users is 4, and the total bandwidth of the BS is 4 MHz. We consider three
sets of configurations for importance coefficients («, 5,7) to represent different QoE objec-
tives, i.e., (2/3,1/6,1/6) for prioritizing the average perceived FoV quality, (1/6,2/3,1/6)
for prioritizing the average video stall time, and (1/3,1/3,1/3) for comprehensive consid-
eration [77, 75].

Our observations on the performance comparison are as follows: First, SDSR achieves
higher average viewing QoE than Flare due to the device-VSR-assisted (predictive) FoV
quality enhancement when the total bandwidth of the BS is insufficient; Second, RAM
achieves higher average viewing QoE than Flare due to the two-layer streaming scheme.
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Figure 4.10: Performance of different schemes with (o, 8,7) = (2/3,1/6,1/6).
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Figure 4.11: Performance of different schemes with (o, 8,7) = (1/6,2/3,1/6).

Each video chunk’s FoV quality is enhanced more effectively with a more accurate updated
FoV, which is limited by the insufficient total bandwidth and may incur large temporal
quality variations. In addition, each video chunk is prefetched with only a basic quality
while neglecting the playback buffer dynamics. Bandwidth resources may not be efficiently
utilized, especially when the allocated bandwidth to a user is large and the current playback
buffer occupancy is small (i.e., the FoV prediction accuracy is high); Third, our proposed
two-step adaptive streaming scheme achieves the highest average viewing QoE among
the benchmarks and less average device energy consumption than SDSR under different
QoE objectives. The proposed scheme captures the impact of FoV prediction accuracy on
user perceived FoV quality. Bandwidth resources are efficiently utilized through adaptive
bandwidth allocation among users under network condition and playback buffer dynamics.
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Figure 4.12: Performance of different schemes with (o, 5,v) = (1/3,1/3,1/3).

Device energy efficiency is achieved via adaptive enhancement method selection. Therefore,
the proposed scheme outperforms the benchmarks and achieves the highest average utility
under various QoE objectives.

Fig. 4.13(a) - Fig. 4.13(c) show the average viewing QoE, average normalized energy
consumption, and average utility of different schemes with varying total bandwidth of the
BS, respectively. The number of users is 3 and («, 8,7v) = (1/3,1/3,1/3). It can be seen
that as the total bandwidth increases, the average viewing QoE and utility under differ-
ent streaming schemes increase, where our proposed two-step adaptive scheme achieves the
highest average viewing QoE and utility compared to the benchmarks. The average normal-
ized energy consumption under our proposed scheme decreases with the total bandwidth,
whereas the average normalized energy consumption increases with the total bandwidth
under SDSR. SDSR and Flare are both one-step streaming schemes, which overlook the
impact of FoV prediction accuracy on user perceived FoV quality. SDSR fully relies on the
device-VSR~driven method for FoV quality enhancement without considering the device
energy consumption, thus resulting in inefficient bandwidth utilization and large device en-
ergy consumption, especially when the total bandwidth is large. The performance of RAM
is limited by the total bandwidth, as it fully relies on the transmission-driven method for
FoV quality enhancement. Each video chunk is prefetched with only a basic quality, even
if the total bandwidth is large, leading to inefficient bandwidth usage.

As the total bandwidth of the BS increases, a larger bitrate level is selected for predictive
FoV tiles when prefetching a new video chunk, which leads to smaller reconstruction time
for enhancing a video tile to a target bitrate level with the device-VSR-driven method.
More video tiles are likely to be enhanced with the transmission-driven method. The
computing loads for device-VSR-driven chunk enhancement are reduced. Therefore, higher
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Figure 4.13: Performance of different schemes with varying total bandwidth of the BS.
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average viewing QoE and less device energy consumption are achieved with the proposed
scheme when the total bandwidth increases.

Fig. 4.14(a) - Fig. 4.14(c) show the average viewing QoE, average normalized energy
consumption, and average utility of different schemes with varying numbers of users, re-
spectively. The total bandwidth of the BS is 10 MHz and (o, 8,7) = (1/3,1/3,1/3). We
can see that as the number of users increases, the average viewing QoE and average utility
under different schemes decrease, where our proposed two-step adaptive scheme achieves
the highest average viewing QoE and utility compared to the benchmarks. The average
normalized energy consumption under the proposed scheme increases with the number of
users and is smaller than that under SDSR. For SDSR, when the number of users increases,
it costs more time, including transmission and reconstruction time, to deliver a video tile
with a given pair of download and enhanced bitrate levels. A smaller pair of download and
enhanced bitrate levels is selected to satisfy the delay constraint, thus leading to less device
energy consumption. In addition, as discussed earlier, Flare and SDSR neglect the impact
of FoV prediction accuracy on user perceived FoV quality, and RAM depends on the total
bandwidth, thus resulting in worse performance than our proposed scheme. Note that the
experiment can be extended to consider more than 10 users in Fig. 4.14. In that case, the
running time of Algorithm 1 increases, according to the algorithm time complexity analysis
in Subsection 4.3.2.

With the proposed scheme, when more users share the total bandwidth of the BS, a
smaller bitrate level is selected for predictive FoV tiles when prefetching a new video chunk,
which leads to larger reconstruction time for enhancing a video tile to a target enhanced
bitrate level with the device-VSR~driven method. The achieved FoV quality improvement
is much constrained with the transmission-driven method. More video tiles are likely to be
enhanced via the device-VSR-driven method, resulting in higher computing loads. Thus,
more device energy is consumed. On the other hand, the FoV quality of each video chunk
is enhanced effectively based on the updated FoV with improved prediction accuracy.
The best candidate chunk is determined for each user in any slot to achieve the largest
total incremental QoE gain with efficient bandwidth usage. The transmission-driven and
device-VSR~driven methods are adaptively enabled for FoV quality enhancement under
network and playback buffer dynamics to achieve device energy efficiency. Therefore, our
proposed scheme achieves higher average viewing QoE and utility than the benchmarks
under different numbers of users.

To visualize the performance improvement of our proposed streaming scheme, Fig. 4.15
and Fig. 4.16 show snapshot images from the generated demo videos under the proposed
scheme and Flare. Reconstructed tiles with different resolutions are scaled to the same
area size for better display. Specifically, we consider two types of 360° videos: slow-paced
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(a) Proposed (b) Flare

Figure 4.15: Cropped snapshots of the generated demo videos (Coastal pier, slow-paced)
under the proposed scheme and Flare.

(a) Proposed (b) Flare

Figure 4.16: Cropped snapshots of the generated demo videos (Mega coaster, fast-paced)
under the proposed scheme and Flare.
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(Coastal pier) and fast-paced (Mega coaster). The total bandwidth of the BS is 2 MHz.
The number of users is 4 and («, 5,7) = (1/3,1/3,1/3). The images show the cropped
FoV of a particular user while watching the 360° videos. By comparing the image qualities
generated by both schemes, shown in Fig. 4.15 and Fig. 4.16, we can see that with the
proposed two-step adaptive streaming scheme, the user enjoys better video quality with
higher-resolution FoV tiles than Flare. For better visualization, we highlight some major
areas showing video quality improvements using red rectangular boxes in both figures.

4.5 Summary

In this chapter, a two-step adaptive streaming framework has been proposed to support
energy-efficient multi-user enhanced 360° video viewing experience. The best candidate
chunk of each user at any slot is determined based on a time-difference approach. A single-
slot problem is formulated for maximizing the total incremental QoE gain while minimizing
the total incremental average device energy consumption. A practical PSO-based iterative
algorithm is proposed to determine the optimal bandwidth allocation, bitrate level selec-
tion, and enhancement method selection decisions for all users. Simulation results validate
the performance of our proposed framework over benchmark schemes.
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Chapter 5

Conclusions and Future Research
Directions

5.1 Conclusions

The objective of this PhD research is to achieve E2E performance enhancement for tile-
based 360° VR video streaming service, considering its characteristics including various
video tile properties, transmission rate fluctuations, and inevitable FoV prediction errors
driven by viewing behavior dynamics (i.e., head movements).

We first present a customized slice-level transmission protocol based on QUIC to achieve
enhanced VR video packet transmission while promptly reacting to network and viewing
behavior dynamics. Various video tile properties are supported by tailoring the QUIC pro-
tocol, where explicit mapping relations between requested video tiles and QUIC streams
are established. Two customized protocol functionalities, including packet filtering and
caching-based packet retransmission, are proposed to remove outdated EL video data due
to FoV prediction errors and to perform efficient packet loss recovery with disparate trans-
mission reliability requirements. A slice-level packet header is designed to support en-
hanced slice-based VR video packet transmission with the proposed protocol functionali-
ties. Simulation results demonstrate the effectiveness of the proposed transmission protocol
in achieving short average video segment downloading time and high average video segment
quality.

Then, we develop an E2E performance analytical model to evaluate the performance of
slice-based and layer-encoded video streaming, which is abstracted as a multi-hop packet
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service (i.e., processing or transmission) process. The impact of disparate service reliability
requirements of BL and EL packets is studied in the E2E analytical modeling. Based on
the analysis of the correlations between two consecutive nodes, a segment-based analysis
framework is proposed. A two-stage queuing model is established to determine the ap-
proximate steady-state probability distribution of queue length at the first node in each
segment, based on which the segment-level performance metrics are analyzed, including
E2E BL/EL packet delay, deadline violation probability, and throughput. Then, under the
assumption of a large packet service rate of the first node in each segment, the indepen-
dence between two consecutive segments is achieved for analysis tractability, upon which
the E2E performance metrics are obtained. Simulation results demonstrate the accuracy of
the proposed analytical model as well as its effectiveness in determining sliced node packet
service rates and transport protocol parameters.

Finally, we consider multi-user 360° video streaming in a time-slotted system and pro-
pose a two-step adaptive streaming scheme to achieve enhanced viewing QoE. Each video
chunk is first prefetched based on the predictive FoV and then enhanced at a closer-
to-playtime time instant based on the updated FoV with improved prediction accuracy.
Transmission-driven and device-VSR-driven methods for chunk enhancement are proposed,
which are adaptively enabled for device energy-efficient FoV quality enhancement. In order
to determine when to prefetch a new video chunk or enhance a prefetched chunk, a time-
difference approach is applied to characterize the incremental QoE gain of each user at
any slot, based on which the best candidate chunk is determined. A single-shot problem is
then formulated for maximizing the total incremental QoE gain while minimizing the total
incremental average device energy consumption. A PSO-based solution is developed to de-
termine the per-slot optimal decisions for different users, including bandwidth allocation,
bitrate level selection, and enhancement method selection. Simulation results demonstrate
that our proposed solution outperforms benchmark schemes in terms of average viewing
QoE, average device energy consumption, and average utility.

The proposed transmission protocol can be integrated into the proposed streaming
scheme. The former enables efficient video packet transmission and prompt responses
to network and viewing behavior dynamics (e.g., random packet loss and sudden head
movements) on a small timescale, i.e., during chunk prefetching or enhancement. The
latter enables adaptive video content requests on a larger timescale, i.e., adaptive switching
between chunk prefetching and enhancement, along with bitrate level selection.
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5.2 Future Research Directions

This PhD research can be extended in several directions.

First, considering the interdependence among the same video tiles of different ELs, that
is, an EL tile can only be decoded if the BL and all lower-layer EL tiles are successfully
decoded, EL packets of multiple ELs may also have different levels of service reliability
requirements. If any EL packet of an EL is discarded due to service deadline violation, the
EL packets of higher ELs can also be discarded for transmission efficiency. The proposed
customized transmission protocol and the performance analytical model can be extended
to incorporate the impact of decoding dependency among multiple ELs to make them more
practical for supporting layer-encoded video streaming service.

Second, in the proposed E2E performance analytical model, the packet service rate
of each node within a video streaming slice is considered static, without considering the
traffic load dynamics of other service traffic traversing the same physical path as the video
streaming slice. In the planning stage of a (core) network slice, dedicated (virtual) network
resources are reserved to support service provisioning with QoS satisfaction in the long run,
while QoS isolation among different slices for different services is ensured. The amount of
reserved network resources for a slice is determined by a network operator based on the
QoS requirements and traffic characteristics of the service. In the operational stage, the
reserved network resources of different embedded network slices are shared in real-time with
multiplexing gain. Considering the dynamic traffic loads of different services, the actual
packet service rates of nodes within the video streaming slice can vary [15]. Specifically,
the actual packet service rates can be larger than those reserved in the planning stage,
especially when the sliced network resources for other service traffic are not fully used.
Thus, the proposed E2E performance analytical model can be extended to incorporate the
impact of node packet service rate variations due to cross-traffic load dynamics of other
network services.

Third, more advanced and fine-grained FoV prediction models can be developed to
further enhance the performance of the proposed customized transmission protocol and
two-step adaptive streaming scheme. For example, personalized FoV prediction models
that differentiate head movement patterns among users can achieve more accurate FoV
predictions. In addition, scalable FoV prediction models are desirable. They can take
historical viewing trajectories of arbitrary sizes as input and predict future FoVs with
different prediction time gaps, thereby better adapting to playback buffer and user viewing
behavior dynamics. A scalable and more accurate FoV prediction model enhances the
performance of the proposed packet filtering functionality, ensuring that only outdated EL

102



tiles are removed without loss of useful video data. It can also help achieve more efficient
user viewing QoE optimization.

Fourth, advanced learning-based algorithms that consider temporal correlations during
the streaming of multiple users can be developed for optimal decision-making in the pro-
posed two-step adaptive streaming scheme. Due to the asynchronous streaming requests,
the number of users at each slot may not be the same. Besides, the playback buffers of
different users at the same slot may be dynamic, i.e., the number of prefetched chunks to
be enhanced and the existence of the to-be-prefetched chunk. All of these make a general
learning-based solution very complex and time-consuming. Both state and action spaces
change over slots, and the feasible actions for each user also depend on its current state.
The proposed PSO-based algorithm (i.e., Algorithm 1 in Chapter 4) is essentially a heuris-
tic approach. It effectively improves multi-user viewing QoE with device energy efficiency.
At the same time, it greatly reduces the complexity of the studied problem, which can also
provide valuable insights for developing learning-based solutions.

Finally, the proposed two-step adaptive streaming scheme can be extended to consider
an edge-device collaborative network architecture. An edge server can cache some (popular)
video tiles and deliver them to the intended users with reduced latency [98, 99]. The
computing capability of an edge server can be leveraged in two ways. On one hand, when
multiple users request the same 360° video, instead of caching multiple bitrate level versions
of a video tile, the video tile with a high bitrate level can be cached at the edge server and is
transcoded into various lower bitrate level versions to save the caching space with additional
transcoding delay [100, , ]. On the other hand, the edge server can reconstruct a
video tile from a low bitrate level to a higher bitrate level via the VSR technique to enhance
its quality with extra reconstruction time and larger wireless transmission time due to the
larger size of the reconstructed video tile.
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Appendix A

Proof of Proposition 1

For each candidate chunk 4, Qy i, Qfy1 i 1> Qtui1> Qis1uir1> and Qf, ;1 are known as
. 1 _ Nl 1 N : 1 _

colnstants, Wlﬂll Qt+17u7i_1 = 162157%1'—1 andetJrl’u’iJrl —1Qt7u7i+1. For brevity, let Qt+1,u,z‘ =z,

Qt+1,u,z‘—1 = Qt,u,i—1 = (1, Qt,u,z‘ = Cy, Qt+1,u,¢+1 = Qt,u,i+1 = (3, and (4.18) is rewritten as

f(@) = agks (v = C) = gy [(le = G| = G2 = 1))

ol (A1)
etui—1 + (|Cs — x| — |C5 — Ca|) €y it1] -
We first consider the case when e, ;-1 = €;4,+1 = 1. In this case, we have
1 1
f(@) = falz) = fp(2) = ar— (z = C3) — /=7
|Z.| Z] =1 (A.2)

[(|$ — 1| = [Cy = Cy) + (|C5 — 2| — |C5 — Cs)

with f)(z) = aﬁ > 0. Next, we analyze the monotonicity of fg(x), which has the
following two cases.

(1) C1 < Cs

If 0 <2 <Cs flxr) =0and fl(z) = O‘|I_1u\ > 0. Ifx <Oy, fhlx) = —#7
and f'(z) = O‘|I+A + ﬁ’y > 0. If x > Cs, fp(x) = #7 and f'(z) = aﬁ - #'y,
which can be either larger than, smaller than, or equal to 0. Therefore, when C; < Cj,
f(z) monotonically increases with  when z < C3 and monotonically increases or decreases
with  when o > (3. Considering the domain of z, i.e., Co < x < fiy1 4,4, the maximum

of f(x) is obtained by max(f(Cs), f(fi+1.4.:)) with f(C2) = 0.
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(2) C, > Cy

Similar monotonicity analysis can be applied to the case when C; > (3, which is
omitted for brevity.

When e;,,;-1 = 0 and/or e;,,;+1 = 0, it is a special case of f(x). Similar monotonicity
analysis can be applied, which is omitted for brevity.
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