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ABSTRACT

Adaptive bitrate streaming (ABR) has become the de facto technique for video

streaming over the Internet. Despite a flurry of techniques, achieving high quality ABR

streaming over cellular networks remains a tremendous challenge. First, the design of

an ABR scheme needs to balance conflicting Quality of Experience (QoE) metrics such

as video quality, quality changes, stalls and startup performance, which is even harder

under highly dynamic bandwidth in cellular network. Second, streaming providers have

been moving towards using Variable Bitrate (VBR) encodings for the video content,

which introduces new challenges for ABR streaming, whose nature and implications

are little understood. Third, mobile video streaming consumes a lot of data. Although

many video and network providers currently offer data saving options, the existing

practices are suboptimal in QoE and resource usage. Last, when the audio and video

tracks are stored separately, video and audio rate adaptation needs to be dynamically

coordinated to achieve good overall streaming experience, which presents interesting

challenges while, somewhat surprisingly, has received little attention by the research

community. In this dissertation, we tackle each of the above four challenges.

Firstly, we design a framework called PIA (PID-control based ABR streaming)

that strategically leverages PID control concepts and novel approaches to account for

the various requirements of ABR streaming. The evaluation results demonstrate that
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PIA outperforms state-of-the-art schemes in providing high average bitrate with signif-

icantly lower bitrate changes and stalls, while incurring very small runtime overhead.

We further design PIA-E (PIA Enhanced), which improves the performance of PIA in

the important initial playback phase.

Secondly, we identify distinguishing characteristics of VBR encodings that im-

pact user QoE and should be factored in any ABR adaptation decision and find that

traditional ABR adaptation strategies designed for the Constatn Bitrate (CBR) encod-

ings are not adequate for VBR. We develop novel best practice design principles to

guide ABR rate adaptation for VBR encodings. As a proof of concept, we design a

novel and practical control-theoretic rate adaptation scheme, CAVA (Control-theoretic

Adaption for VBR-based ABR streaming), incorporating these concepts. Extensive

evaluations show that CAVA substantially outperforms existing state-of-the-art adapta-

tion techniques.

Thirdly, we analyze the underlying causes for suboptimal existing data saving

practices and propose novel approaches to achieve better tradeoffs between video qual-

ity and data usage. The first approach is Chunk-Based Filtering (CBF), which can be

retrofitted to any existing ABR scheme. The second approach is QUality-Aware Data-

efficient streaming (QUAD), a holistic rate adaptation algorithm that is designed ground

up. Our evaluations demonstrate that compared to the state of the art, the two proposed

schemes achieve consistent video quality that is much closer to the user-specified target,

lead to far more efficient data usage, and incur lower stalls.

For the fourth challenge, we shed light on a number of limitations in existing

practices both in the protocols and the player implementations, which can cause unde-

sirable behaviors such as stalls, selection of potentially undesirable combinations such

as very low quality video with very high quality audio, etc. Based on our gained in-

sights, we identify the underlying root causes of these issues, and propose a number of

practical design best practices and principles whose collective adoption will help avoid

these issues and lead to better QoE.
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Chapter 1

Introduction

Video streaming has come to dominate mobile data consumption today. As per Cisco’s

Visual Network Index report [1], mobile video traffic now accounts for more than half

of all mobile data traffic. Ensuring good viewing experience for this important appli-

cation class is critical to content providers, content distribution networks, and mobile

operators. Despite much effort, achieving good quality video streaming over cellular

networks remains a tremendous challenge [2].

1.1 ABR streaming

Most video contents are currently streamed using Adaptive Bit-Rate (ABR) streaming

over HTTP (specifically HLS [3] and DASH [4]), the de facto technology adopted by

industry. In ABR streaming, a video is encoded into multiple resolutions/quality levels

(or tracks). The encoding at each resolution/quality level is divided into equal-duration

chunks, each containing data for a short interval’s worth of playback (e.g., several sec-

onds). A chunk at a higher resolutions/quality level requires more bits to encode, and is

therefore larger in size. During playback, to fetch the content for a particular playpoint

in the video, the video player dynamically determines what bitrate/quality chunk to

download based on time-varying network conditions. The resulting play-back involves

showing different portions of the video using chunks selected from different tracks.

Various user engagement studies [5, 6, 7, 8] indicate that satisfactory ABR stream-

ing needs to achieve three conflicting goals simultaneously: (1) maximize the playback

1
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bitrate; (2) minimize the likelihood of stalls or rebuffering; and (3) minimize the vari-

ability of the selected video bitrates for a smooth viewing experience. Reaching any of

the three goals alone is relatively easy – for instance, the player can simply stream at

the highest bitrate to maximize the video quality; or it can stream at the lowest bitrate

to minimize the stalls. The challenge lies in achieving all three goals simultaneously,

especially over highly varying network conditions, typical of the last-mile scenarios in

cellular networks.

Control theories have been applied to design the ABR algorithm. The stud-

ies [9, 10] directly use the standard PID controller, without adapting it to accommodate

the special requirements of ABR streaming. The study in [11] shows that directly using

PID control leads to worse performance than BOLA, while our proposed schemes (PIA

and PIA-E) carefully adapt PID control for ABR streaming and outperform BOLA. The

studies in [12, 13] conclude that PID control is not suitable for ABR streaming, and de-

velop other control based approaches. MPC [13] uses another branch of control theory,

model predicative control, to solve a QoE optimization problem. It, however, requires

accurate future network bandwidth estimation and incurs significant computation over-

head. BBA [14] selects video bitrates purely based on buffer occupancy. However, as

we will discuss, BBA essentially uses a P-controller and does not consider the integral

part, which affects its performance. BOLA [11] and an improved version BOLA-E [15]

select the bitrate based on maximizing a utility function, considering both rebuffering

and video quality. We showed in Section 2.6 that BOLA leads to significantly more

rebuffering than our approach.

Another type of approach uses machine learning (e.g., reinforcement learning) to

“learn” an ABR scheme from data. The study in [16] proposes a tabular Q-Learning

based reinforcement learning approach for ABR streaming. This approach, however,

does not scale to large state/action spaces. A more recent scheme, Pensieve [17], ad-

dresses the scalability issue using reinforcement learning based on neural networks.

In [17], Pensieve is realized as a server-side ABR algorithm – the client feeds back
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information to the server and the server makes the decisions on bitrate choices. For

a given ABR algorithm, Oboe [18] pre-computes the best possible parameters for dif-

ferent network conditions and dynamically adapts these parameters at run-time. The

study in [19] characterizes the VBR encoding characteristics, proposes design princi-

ples for VBR-based ABR streaming and a concrete scheme, CAVA, that instantiates

these design principles.

Our study takes a fresh look at using PID control for ABR streaming and shows

a somewhat surprising high-level finding: by applying PID control in an explicit and

adaptive manner, our ABR streaming algorithms substantially outperform the state-

of-the-art video streaming schemes. We will show that our proposed PIA [20, 21]

scheme incurs much lower computational overhead and achieves a significantly better

balance among the three performance metrics than MPC; PIA also outperforms Ro-

bustMPC [13] and BBA [14].

1.2 ABR streaming for VBR encodings

The video compression for a track can be (1) Constant Bitrate (CBR) – encodes the

entire video at a relatively fixed bitrate, allocating the same bit budget to both sim-

ple scenes (i.e., low-motion or low-complexity scenes) and complex scenes (i.e., high-

motion or high-complexity scenes), resulting in variable quality across scenes, or (2)

Variable Bitrate (VBR) – encodes simple scenes with fewer bits and complex scenes

with more bits, while maintaining a consistent quality throughout the track. VBR

presents some key advantages over CBR [22], such as the ability to realize better video

quality for the same average bitrate, or the same quality with a lower bitrate encod-

ing than CBR. Traditionally, streaming services mainly deployed only CBR, partly due

to various practical difficulties including the complex encoding pipelines for VBR, as

well as the demanding storage, retrieval, and transport challenges posed by the multi-

timescale bitrate burstiness of VBR videos. Most recently content providers have be-

gun adopting VBR encoding [14, 23, 24, 25, 26], spurred by the promise of substantial
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improvements in the quality-to-bits ratio compared to CBR, and by technological ad-

vancements in VBR encoding pipelines.

Howerver, current commercial systems and ABR protocols do not fully make

use of the characteristics of VBR videos; they typically assume a track’s peak rate to be

its bandwidth requirement when making rate adaptation decisions [24].While content

providers have recently begun adopting VBR encoding, their treatment to VBR videos

is simplistic (e.g., by simply assuming that the bandwidth requirement of a chunk equals

to the peak bitrate of the track) [24]. As we will see in §3.6.8, such simplistic treatment

can lead to poor performance. Of the large number of existing studies, only a few

targeted VBR videos [14, 27, 28]; most others were designed for and evaluated in

the context of CBR encodings. While several schemes in the latter category can be

applied for VBR videos by explicitly incorporating the actual bitrate of each chunk,

they were not designed ground up to account for VBR characteristics, nor had their

performance been evaluated for that case. We evaluate the performance of schemes

from both categories (see §3.4 and §3.6), and show that they can suffer from a large

amount of rebuffering and/or significant viewing quality impairments when used for

VBR videos.

There exists little prior understanding of the issues and challenges involved in

ABR streaming of VBR videos. Our study differs from all the above works in several

important aspects, including developing insights based on analyzing content complex-

ity, encoding quality, and encoding bitrates, identifying general design principles for

VBR streaming, and developing a concrete, practical ABR scheme for VBR streaming

that significantly outperforms the state-of-the-art schemes.

1.3 Data Usage for ABR Streaming

Video streaming is data intensive. An important question is how can we effectively

reduce the bandwidth consumption for mobile video streaming while minimizing the

impact on users’ quality of experience (QoE)? This is a highly important and practical
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research problem since cellular network bandwidth is a relatively scarce resource. The

average data plan for a U.S. cellular customer is only 2.5 GB per month [29], while

streaming just one-hour High Definition (HD) video on mobile Netflix can consume 3

GB data. Therefore, the capability to make more efficient use of data while still hitting

quality targets is the key to enabling users to consume more content within their data

budgets without adversely impacting QoE. In addition, downloading less data for a

video session also translates to lower radio energy consumption, less thermal overhead

on mobile devices, as well as potentially better QoE for other users sharing the same

cellular RAN (radio access network) or base station.

Existing ABR adaptation schemes (§4.9) focus mainly on maximizing the video

quality and user QoE. While some schemes do conservatively utilize the bandwidth,

their decisions are primarily driven by QoE impairment concerns such as the possibility

of stalls caused by the potentially inaccurate bandwidth estimation. For example, when

selecting the next chunk, the default adaptation scheme in ExoPlayer [30] (a popular

open-source player that is used in more than 10000 apps) only considers tracks whose

declared bitrates are at least 25% lower than the estimated network bandwidth. Such

a design saves data just by being conservative. As we show later, it can lead to signif-

icantly lower quality/QoE (§4.8.3). Existing ABR schemes do not explicitly consider

bandwidth efficiency together with quality in making the track selection decisions.

Some mobile network operators and commercial video services provide users

with certain “data saver” options. These options take either a service-based approach or

a network-based approach. The former limits the highest level of quality/resolution/bitrate

by, for example, streaming only standard definition (SD) content over cellular networks.

A network-based approach instead limits the network bandwidth. We survey the “qual-

ity throttling” mechanisms used by today’s commercial video content providers for sav-

ing bandwidth for mobile devices, and pinpoint their inefficiencies (§4.2-§4.3). Despite

their simplicity, we find such approaches often achieve tradeoffs between video quality

and bandwidth usage that are far from what viewers desire. A key reason is that for
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state-of-the-art encoders (e.g., H.264 [31], H.265 [32] and VP9 [33]), the actual per-

ceived picture quality exhibits significant variability across different chunks within the

same track, for both Constant Bitrate (CBR) and Variable Bitrate (VBR) encodings.

Therefore, a data-saving approach that simply removes high tracks leads to quality

variations. Such quality variability impairs user QoE, and makes suboptimal use of the

network bandwidth.

1.4 ABR Streaming with Separate Audio and Video Tracks

On the server for Adaptive bitrate (ABR) streaming, a video track and its corresponding

audio can be combined together as a single multiplexed track (in muxed mode), where

each chunk in the track contains the associated video and audio content. Alternatively,

the video and audio content can be maintained separately as demultiplexed tracks (in

demuxed mode) on the server, as shown in Fig. 1.1. The demuxed approach offers a

number of advantages for services that need to have more than one audio variant – e.g.,

to support multiple languages, or multiple audio quality levels or both. First, it requires

significantly less storage at the origin server. To see this, consider a hypothetical service

that uses M video and N audio tracks. The server only needs to store M video and N

audio tracks for the demuxed mode, while it has to store a much larger set of M ×

N muxed tracks for the muxed mode. Second, a subtle effect is that the demuxed

mode increases CDN cache hits. As an example, for a given chunk/playback position,

suppose user A requests video track variant V1 and audio track variant A2, and at a later

time, user B requests the same video track variant V1 and a different audio track variant

A1. In muxed mode, B needs to download both V1 and A1 from the original server,

while in demuxed mode, B can get the video chunk for V1 from the CDN cache (which

cached it due to A’s earlier request), and only needs to get the audio chunk for A1 from

the original server. Due to the above advantages, services are increasingly moving

towards using demuxed audio and video tracks [24]. We focus on ABR streaming for

demuxed video and audio tracks in this work.
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Fig. 1.1: ABR streaming of demuxed audio and video (the different colors represent

the chunks from different tracks).

The literature on video rate adaptation is extensive [11, 13, 14, 34, 35, 36]. A

common assumption regarding audio is that its bitrate is significantly lower than that

of the video, and hence the decision on audio track selection has little impact on the

video track selection [37]. The reality, however, is that increasingly an audio track can

be of similar or even much higher bitrate than some of the video tracks. Based on the

HLS authoring specification for Apple devices [38], the audio bitrate can be as high 384

Kbps for mobile devices, which can be much higher than the typical encoding bitrates

of lower-rung video tracks in real services (e.g., the two lowest video tracks have peak

rates around 100 and 250 Kbps respectively for one popular service). In addition, more

and more devices support Dolby Atmos audio [39], for which the audio bitrate can be

up to 768 Kbps [40]. As a result, audio can in reality consume a significant fraction of

the available network bandwidth, and audio track selection can therefore significantly

affect video selection and the overall viewing experience (see §5.3). Concurrently with

the availability of higher bitrate audio tracks, the community has also realized the im-

portance of selecting higher audio quality tracks when possible and appropriate. For

example, Netflix very recently adopted audio adaptation at the player side to boost the

overall video streaming experience [40, 41].
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Little is known on how best to mesh together audio and video rate adaptation in

ABR streaming. In fact, meshing together audio and video rate adaptation is a very

challenging problem – it involves many pieces (in ABR protocols, server and player

designs) and needs a holistic solution [42].

1.5 Contribution of This Dissertation

The contributions of this dissertation are as follows.

• we take a fresh look at PID-based control for ABR streaming. We design a frame-

work called PIA (PID-control based ABR streaming) that strategically leverages

PID control concepts and incorporates several novel strategies to account for the

various requirements of ABR streaming. We evaluate PIA using simulation based

on real LTE network traces [43], as well as using real DASH implementation.

The results demonstrate that PIA outperforms state-of-the-art schemes in provid-

ing high average bitrate with significantly lower bitrate changes (reduction up

to 40%) and stalls (reduction up to 85%), while incurring very small runtime

overhead. We further design PIA-E (PIA Enhanced), which improves the perfor-

mance of PIA in the important initial playback phase.

• We explore ABR streaming for VBR encodings across diverse video genres, en-

coding technologies, and platforms. We identify distinguishing characteristics

of VBR encodings that impact user QoE and should be factored in any ABR

adaptation decision. Traditional ABR adaptation strategies designed for the CBR

case are not adequate for VBR. We develop novel best practice design princi-

ples to guide ABR rate adaptation for VBR encodings. As a proof of concept,

we design a novel and practical control-theoretic rate adaptation scheme, CAVA

(Control-theoretic Adaption for VBR-based ABR streaming), incorporating these

concepts. Extensive evaluations show that CAVA substantially outperforms ex-

isting state-of-the-art adaptation techniques, validating the importance of these
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design principles.

• Our study shows that existing data saving practices for Adaptive Bitrate (ABR)

videos are suboptimal: they often lead to highly variable video quality and do

not make the most effective use of the network bandwidth [44]. We identify

underlying causes for this and propose two novel approaches to achieve better

tradeoffs between video quality and data usage. The first approach is Chunk-

Based Filtering (CBF), which can be retrofitted to any existing ABR scheme. The

second approach is QUality-Aware Data-efficient streaming (QUAD), a holistic

rate adaptation algorithm that is designed ground up. We implement and integrate

our solutions into two video player platforms (dash.js and ExoPlayer), and

conduct thorough evaluations over emulated/commercial cellular networks using

real videos. Our evaluations demonstrate that compared to the state of the art, the

two proposed schemes achieve consistent video quality that is much closer to the

user-specified target, lead to far more efficient data usage, and incur lower stalls.

• We examine the state of the art in the handling of demuxed audio and video tracks

in predominant ABR protocols (DASH and HLS), as well as in real ABR client

implementations in three popular players covering both browsers and mobile plat-

forms. Combining experimental insights with code analysis, we shed light on a

number of limitations in existing practices both in the protocols and the player

implementations, which can cause undesirable behaviors such as stalls, selection

of potentially undesirable combinations such as very low quality video with very

high quality audio, etc. Based on our gained insights, we identify the underlying

root causes of these issues, and propose a number of practical design best prac-

tices and principles whose collective adoption will help avoid these issues and

lead to better QoE [42].
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1.6 Dissertation Roadmap

The remainder of this dissertation is organized as follows.

In Chapter 2, we take a fresh look at PID-based bit rate adaptation and design

novel ABR scheme that judiciously combines PID control and domain knowledge of

ABR streaming. In Chapter 3, we first characterize VBR encodings and develop design

principles. Then we design novel ABR scheme for VBR videos using the principles.

In Chapter 4, quality-aware data saving strategies are designed, which provide data

savings while allowing users’ direct control of the video quality. In Chapter 5, we

investigate the predominant ABR protocols and popular players and propose best prac-

tices for ABR Streaming with separate audio and video tracks. We draw the conclusion

and highlight the future work in Chapter 6.



Chapter 2

A Control Theoretic Approach to ABR Video Streaming: A Fresh

Look at PID-based Rate Adaptation

2.1 Introduction

Rate adaptation for ABR streaming can be naturally modeled as a control problem:

the video player monitors the past network bandwidth and the amount of content in

the playback buffer to decide the bitrate level for the current chunk; the decision will

then affect the buffer level, which can be treated as feedback to adjust the decision for

the next chunk. PID (named after its three correcting terms, namely “proportional”,

“integral”, and “derivative” terms) is one of the most widely used feedback control

techniques in practice [45]. It is conceptually easy to understand and computationally

simple. There has been initial work on using PID control theory for ABR streaming.

Specifically, the studies in [9, 10] directly apply the standard PID controller to ABR

streaming with no modifications, which was shown to lead to significantly suboptimal

performance [11]. The studies [12, 13] conclude that PID control is not suitable for

ABR streaming.

In this section, we adopt a contrarian perspective and take a fresh look at the

potential of PID control for ABR video streaming. We start by pointing out that a

recent heuristic technique, BBA [14], can be shown to be, in effect, using a simplified

form of PID control. We then conduct an in-depth study that explores using PID control

for ABR streaming. Specifically, we design PIA (PID-control based ABR streaming),

11
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a novel control-theoretic video streaming scheme that strategically incorporates PID

control concepts and domain knowledge of ABR streaming. Our main contributions

include the following.

• We take a fresh look at PID-based control for ABR streaming, and strategically

leverage PID control concepts as the base framework for PIA. Specifically, the

core controller in PIA differs from those in [9, 10] in that we define a control

policy that makes the closed-loop control system linear, and easy to control and

analyze. The core controller maintains the playback buffer to a target level, so as

to reduce rebuffering.

• We add domain-specific enhancements to further improve the robustness and

adaptiveness of ABR streaming. Specifically, PIA addresses two key additional

requirements of ABR streaming, i.e., maximizing playback bitrate and reduc-

ing frequent bitrate changes. It also incorporates strategies to accelerate initial

ramp-up and protect the system from saturation. We further develop PIA-E (PIA

Enhanced) that improves the performance of PIA in the important initial playback

phase, by dynamically adjusting the parameters used in the control loop.

• We explore parameter tuning. Specifically, the proportional gain Kp and the in-

tegral gain Ki are the two fundamental and most critical parameters that guide

the PIA controller’s behavior. We develop a methodology that systematically ex-

amines a wide spectrum of network conditions and parameter settings to derive

their (Kp, Ki) configurations that yield satisfactory quality of experience (QoE).

Our results demonstrate that a common set of (Kp, Ki) values exist that have good

performance across a wide range of network settings, indicating our schemes can

be easily deployed in practice.

We conduct comprehensive evaluations of PIA using a large number of real cel-

lular network traces with diverse network variability characteristics. The traces were
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collected from two commercial LTE networks at diverse geographic locations, with a

range of mobility conditions. Our key findings include the following.

• PIA achieves comparable bitrates as two state-of-the-art schemes, BBA [14] and

MPC [13], while substantially reducing bitrate changes (49% and 40% lower,

respectively) and rebuffering time (68% and 85% lower, respectively). Overall,

PIA achieves the best balance among the three QoE metrics. Compared to PIA,

the enhanced version, PIA-E, achieves higher bitrate for the beginning part of

the video; for the entire video, PIA-E has similar rebuffering, average bitrate and

bitrate changes as PIA.

• PIA and PIA-E have low computation overhead (e.g., comparable to BBA and

only 0.5% of MPC based on our simulations). Our emulation results also show

that their execution time is less than 2 seconds for a 15-minute video.

The rest of this chapter is organized as follows. Section 2.2 summarizes the

background and motivations. Section 2.3 presents PIA, the PID based controller for

ABR streaming. Section 2.4 evaluates the performance of PIA under a wide range of

settings. Section 2.5 presents PIA-E, designed to improve the startup performance of

PIA. Section 2.6 presents the implementation and evaluation of PIA and PIA-E using a

real video player. Finally, Section 2.7 summarize this section.

2.2 Motivation and Background

ABR streaming has been used in many commercial systems [3, 46, 47]. For a satisfac-

tory user-perceived QoE, ABR streaming needs to optimize several conflicting goals,

including maximizing the average playback rate, minimizing stalls (or rebuffering), and

reducing sudden and frequent quality variations [5, 6, 7, 8]. We next formulate ABR

streaming as a control problem and describe the motivation for our study. Table 2.1

summarizes the main notation used in this chapter.
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Ct Network bandwidth at time t

Ĉt Estimated network bandwidth at time t

xt Buffer level at time t (in seconds)

xr Target buffer level (in seconds)

Rt Selected video bitrate for time t

∆ Video chunk duration (in seconds)

δ Startup latency (in seconds)

ut PID controller output

Kp,Ki,Kd PID controller parameters

ζ Damping ratio

ωn Natural frequency

β Setpoint weighting parameter

Table 2.1: Key notation.

2.2.1 ABR streaming as a control problem

Deciding which level to choose in ABR streaming can be modeled as a control problem.

Specifically, let xt be the buffer level (in seconds) of the video player at time t, Ct the

real-time network bandwidth at time t, and Rt the bitrate of the video chunk that is being

downloaded at time t. Further, let ∆ denote the video chunk duration (i.e., the duration

of a chunk’s playback time), δ denote the startup delay, i.e., how long it will take for

the player to start playing. Then the player’s buffer dynamics can be written as

ẋt =


Ct
Rt
, if t ≤ δ

Ct
Rt
− 1(xt − ∆), otherwise

(2.1)

where 1(xt−∆) = 1 if xt ≥ ∆; otherwise, 1(xt−∆) = 0 since in ABR streaming, a chunk

has to be downloaded completely before any part of it can be played back.

In Eq. (2.1), ẋt is the rate of change of the buffer at time t. Here, Ct/Rt models

the relative buffer filling rate. If Ct > Rt, i.e., the actual network bandwidth is larger
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Fig. 2.1: ABR streaming based on open-loop control (a) and closed-loop control (b).

than the bitrate of the video chunk being downloaded, the buffer level will increase.

Otherwise, the buffer level will be at the same level (if Ct = Rt) or decrease (if Ct < Rt).

One simple control strategy is to select the video bitrate for each chunk based

on the prediction of real-time link bandwidth, Ĉt. Specifically, it simply chooses the

highest bitrate that is less than Ĉt. This is an open-loop control strategy (illustrated

in Fig. 2.1(a)), since the output (e.g., the buffer level) is not fed back to the system to

assist the decision making. It is not robust against network link bandwidth estimation

errors. As an example, it may choose a high video bitrate if the estimated bandwidth,

Ĉt, is high, even if the current playback buffer level is very low. If it turns out that

Ĉt is an overestimate of the actual network bandwidth, the buffer can be even further

drained and become empty, causing stalls. Closed-loop or feedback control, as illus-
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trated Fig. 2.1(b), is more effective in dealing with network link bandwidth estimation

errors. We therefore focus on closed-loop/feedback control in this chapter.

2.2.2 PID control

As mentioned earlier, PID control is by far the most common way of using feedback

in engineering systems. A PID controller works by continuously monitoring an “er-

ror value”, defined as the difference between the setpoint and measured process vari-

able [45]. Specifically, let ut represent the control signal, and et the error feedback at

time t. Then

ut = Kpet + Ki

∫ t

0
eτdτ + Kd

det

dt
, (2.2)

where the three parameters Kp, Ki and Kd are all non-negative, and denote the coef-

ficients for the proportional, integral and derivative terms, respectively. As defined

above, a PID controller takes account of the present, past and future values of the errors

through the three terms, respectively. Some applications may require using only one

or two terms to provide the appropriate system control. This is achieved by setting the

other parameters to zero. A PID controller is called a PI, PD, P or I controller in the

absence of the respective control actions [45].

In the video streaming scenario, the real-time buffer level is the measured pro-

cess variable, and the reference/target buffer level is the setpoint. We next show that a

recent state-of-the-art buffer based scheme, BBA [14], can be mapped to a P-controller

(though the paper does not claim any control-theoretic underpinnings). In BBA, the

video player maintains a buffer level, and empirically sets two thresholds, θhigh > θlow.

If the buffer level is below θlow, the video player always picks the lowest bitrate, Rmin;

if the buffer level is above θhigh, the video player picks the highest bitrate, Rmax; other-

wise, the video player picks the video bitrate proportionally to buffer level. The selected
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bitrate, Rt, can therefore be represented as

Rt =


Rmin, xt < θlow,

Rmax−Rmin
θhigh−θlow

(xt − θlow) + Rmin, θlow ≤ xt ≤ θhigh

Rmax, xt > θhigh

Comparing the above with Eq. (2.2), we see that it is equivalent to a P-controller when

xt ∈ [θlow, θhigh] with Kp = Rmax−Rmin
θhigh−θlow

, Ki = 0 and Kd = 0.

BBA has been tested successfully in a large-scale deployment [14], indicating

that a PID-type control framework has the potential for ABR streaming. On the other

hand, P-controller only considers the present error (i.e., the proportional term), and

ignores the other two terms. It is well known that the absence of an integral term in a

system may prevent the system from reaching its target value [45]. This is especially

true for video streaming, where inaccurate network bandwidth estimation may cause

the error to accumulate over time. Therefore, including the integral term can potentially

further improve the performance of BBA. PID’s ability to address accumulative errors

is advantageous compared to model predictive control (MPC) based approach in [13],

which does not consider accumulative errors (unless new state variables are added) and

also requires accurate network bandwidth prediction. In addition, MPC is much more

computation-intensive than PID (see Section 2.4.4).

We investigate PID-based control for ABR streaming in this chapter, motivated

by the widespread adoption of PID control in various domains beyond video stream-

ing (e.g., industrial control, process control) and BBA. Using PID for ABR streaming,

however, has several challenges. First, the goal of PID control is to maintain a target

buffer level that is only indirectly related to QoE. Indeed, while maintaining the buffer

at a target level can help in preventing rebuffering, it does not help with the other two

metrics on playback quality and bitrate variation. Second, PID is often used in con-

tinuous time and state space, while video streaming is a discrete-time system, where

the decisions are made at chunk boundaries and the video bitrate levels are discrete.
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Fig. 2.2: PIA main components.

Finally, while PID is conceptually simple, the parameters (Kp, Ki and Kd) need to be

tuned carefully. Here important questions are how to choose these parameters, and

to determine whether there exists a parameter set that is applicable to a wide range

of network and video settings. Some of the above challenges have been pointed out

in [12, 13], which take the position that PID is not suitable for ABR streaming. As we

shall show, none of the above challenges is a fundamental hurdle for using PID-based

control for ABR streaming.

2.3 Adapting PID Control for ABR Streaming

We propose PIA, a PID based rate adaption algorithm for ABR streaming. As shown

in Fig. 2.2, it contains a PI-based core control block as well as three mechanisms to ad-

dress specific requirements for ABR streaming. We first describe the core component,

and then the three performance enhancing mechanisms.

2.3.1 PIA core component

The core component of PIA adjusts the standard PID control policy in Eq. (2.2) so that

the resultant closed-loop system is linear, and hence easier to control and analyze. We

next define the controller output, analyze the system behavior, and provide insights into

how to choose the various parameters.
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Recall the dynamic video streaming model in Eq. (2.1), where xt is the video

player buffer level at t, Ct is the network bandwidth at time t, and Rt is the video bitrate

chosen for time t. We define the controller output, ut, as

ut =
Ct

Rt
, (2.3)

and set the control policy as

ut = Kp(xr − xt) + Ki

∫ t

0
(xr − xτ)dτ + 1(xt − ∆) (2.4)

where Kp and Ki denote, respectively, the parameters for proportional and integral con-

trol, xr denotes target buffer level, and ∆ is the chunk duration. The choice of xr depends

on system constraints, a point we will come back to in Section 2.4.

The above control policy differs from the standard PID control policy in Eq.

(2.2) in the last term 1(xt − ∆), which is a novel aspect of our design. As we shall

see, it provides linearity, making the closed-loop control system easier to control and

analyze. In our control policy, the parameter for derivative control Kd = 0 (hence

strictly speaking, our controller is a PI controller). This is because derivative action is

sensitive to measurement noise [45] and measuring network bandwidth in our context

is prone to noise.

Intuitively, ut defined in Eq. (2.3) is a unitless quantity representing the rela-

tive buffer filling rate. With ut selected, based on Eq. (2.3), the player can select the

corresponding bitrate as

Rt =
Ĉt

ut
, (2.5)

where Ĉt is the estimated link bandwidth at time t. Since video bitrate levels are dis-

crete, we can choose the bitrate to be the highest that is below Ĉt/ut. This choice of Rt

can increase, decrease or maintain the buffer level.

We next analyze the system to provide insights into its behavior as well as pro-

viding guidelines in choosing the controller parameters. Combining equations (2.1) and

(2.4) yields
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ẋt = ut − 1(xt − ∆) = Kp(xr − xt) + Ki

t∫
0

(xr − xτ)dτ, (2.6)

when the video starts playback (i.e., when t ≥ δ). We see that it is a linear system.

Taking Laplace transform on both sides of Eq. (2.6) yields

sx(s) = Kp(xr(s) − x(s)) +
Ki

s
(xr(s) − x(s)) , (2.7)

where s is a complex Laplace transform variable. Let T (s) be the system transfer func-

tion, which describes the relationship of the input and output of a linear time-invariant

system. From Eq. (2.7), we have

T (s) =
x(s)
xr(s)

=
Kps + Ki

s2 + Kps + Ki
, (2.8)

which is a second-order system. In the above transfer function, since T (0) = 1, the

system can track step changes in the target buffer level, xr, with zero error in the steady

state [48], indicating that our system can maintain the preset target buffer level. From

Eq. (2.8), we have

2ζωn = Kp, ω2
n = Ki , (2.9)

where ζ and ωn are the damping ratio and the natural frequency, respectively, two

important properties of the system. Solving the above two equations, we have

ζ =
Kp

2
√

Ki
, ωn =

√
Ki . (2.10)

Damping ratio represents the system’s ability for reducing its oscillations. In our con-

text, it measures how the buffer will oscillate around the target buffer level – small

damping will cause the buffer to change rapidly, while large damping will cause the

buffer to change slowly in a sluggish manner. Natural frequency represents the fre-

quency at which a system tends to oscillate in the absence of any driving or damping

force. Empirically it has been found that ζ in the range [0.6, 0.8] yields a very good

system performance [49]. As a result, Kp and Ki should be chosen so that ζ ∈ [0.6, 0.8].

We will discuss how to tune Kp and Ki in Section 2.4.2.
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2.3.2 PIA performance enhancing techniques

Based on the core component of PIA, we now add three domain-specific enhancements

to PIA to further improve its robustness and adaptiveness for ABR streaming.

Accelerating initial ramp-up. At the beginning of the video playback, the buffer level

xt can be much smaller than the target buffer level xr. In this case, observe from Eq.

(2.4) that ut will be large. A large ut will result in low video bitrate, Rt, and therefore

a low quality at the beginning, which can adveresley impact initial user experience. To

address this issue, we include a setpoint weighting parameter [45], β ∈ (0, 1], into the

control policy as

ut = Kp(βxr − xt) + Ki

∫ t

0
(xr − xτ)dτ + 1(xt − ∆). (2.11)

Note that β is only included in the proportional term; it does not affect the steady-state

behavior of the control system [45]. When β = 1, the above control policy reduces

to (2.4). When β < 1, it can lead to smaller ut, and hence faster initial ramp-up in

video bitrate. However, very small β can lead to aggressive choice of video bitrate, and

hence increase the chance of buffer emptying, causing rebuffering at the beginning of

the playback. We explore how to set β in Section 2.4.2. The system transfer function

corresponding to the above control policy is

T (s) =
x(s)
xr(s)

=
βKps + Ki

s2 + Kps + Ki
=

βKps + Ki

s2 + 2ζωns + ω2
n
. (2.12)

Note that both damping ratio, ζ, and natural frequency, ωn remain the same as those in

Eq. (2.10).

Minimizing bitrate fluctuations. The simple choice of Rt in Eq. (2.5) mainly tracks

the network bandwidth. It, however, may lead to frequent and/or abrupt bitrate (and

hence quality) changes, adversely impacting viewing quality. To address the above

issue, we develop a regularized least squares (LS) formulation that considers both video

bitrate and the changes in video bitrate to achieve a balance between both of these
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metrics. Specifically, it minimizes the following objective function

J(`t) =

t+N−1∑
k=t

(
ukR(`t) − Ĉk

)2
+ η (R(`t) − R(`t−1))2 , (2.13)

where `t and `t−1 represent the tracks selected for chunks t (the current chunk) and t− 1

(i.e., the previous chunk), respectively1, uk is the controller output for the k-th chunk,

Ĉk is the estimated link bandwidth for the k-th chunk, η is the weight factor for bitrate

changes, and R(`) represents the bitrate corresponding to track `.

LetL denote the set of all possible track levels. For every `t ∈ L, the formulation

in Eq. (2.13) considers a moving horizon of N chunks in the future (represented as the

sum of N terms, one for each of the N future chunks). The first term in the sum aims to

minimize the difference between ukR(`t) and the estimated network bandwidth Ĉk so as

to maximize R(`t) (and hence quality) under the bandwidth constraint and the selected

uk. The second term aims to minimize the variability in bitrate for two adjacent chunks

(i.e., the current and previous chunks) for a smooth viewing experience. The weight

factor η can be set to reflect the relative importance of these two terms. We use η = 1

(i.e., equal importance) in the rest of the chapter since maximizing the video quality

and reducing quality variation are both important for user QoE. To reduce the number

of video bitrate changes, in Eq. (2.13), we assume that the same track is chosen for

the next N chunks (this assumption is used only for determining the track/bitrate for

chunk t; the actual track/bitrate for the future chunks will be decided at later times,

independent of the assumption made for the decision of chunk t). For Constant Bitrate

(CBR) videos (which is the focus of this chapter), the chunks in the same track have

the same bitrate. Therefore, in Eq. (2.13), the bitrate of the next N chunks are all

equal to R(`t). For Variable Bitrate (VBR) videos, the formulation can be modified

in a straightforward manner2. Last, in Eq. (2.13), the control output, uk, is updated

according to the control policy in Eq. (2.11), based on the estimated buffer size, xk,
1 Here we slightly abuse notation by using t to represent the index of the chunk chosen at time t, and

using t − 1 to represent the index of the previous chunk.
2 For VBR videos, even the chunks in the same track have variable bitrate. In that case, we can modify
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over the moving horizon. The estimated buffer size, xk, is updated through Eq. (2.1)

using R(`t) as the video bitrate and the estimated network bandwidth Ĉk.

The optimal solution of Eq. (2.13) is

`∗t = arg min
`t∈L

J(`t), (2.14)

where L denotes the set of all possible track levels. We can find `∗t easily by plugging

in all possible values of `t, `t ∈ L, into Eq. (2.13), and select the value that provides the

minimum objective function value in Eq. (2.13).

The complexity of the above formulation is as follows. For every `t ∈ L, obtain-

ing J(`t) requires computation of N steps. Therefore, the total computational overhead

is O(|L|N), significantly lower than the complexity of O(|L|N) in [13].

Dealing with bitrate saturation. Following the control policy, ut may become negative

(e.g., when the current buffer level exceeds the target buffer level). In this case, solving

Eq. (2.13) will lead Rt to be the minimum bitrate. During this time period, if we

continue using the integral term, Iout = Ki

∫ t

0
(xr − xτ)dτ, ut may remain negative for

an extended period of time, causing Rt to stay at the minimum bitrate level for an

extended period of time (so called system saturation [45]), and causing the buffer level

to continue to grow.

Such system saturation is undesirable since it will cause the client to select low

bitrate (and hence low quality) chunks that adversely impact user QoE, even though

the network bandwidth is able to support higher quality streaming. To deal with the

above scenario, we incorporate an anti-windup technique (to deal with integral windup,

i.e., integral term accumulates a significant error) for negative ut, or more specifically,

when ut ≤ ε, 0 < ε � 1. Many anti-windup techniques have been proposed in the

(2.13) as follows. In the first term of (2.13), we replace R(`t) with Rk(`t) to reflect that the bitrate is time

varying; in the second term, we replace R(`t) and R(`t−1) with the average bitrate of the corresponding

tracks, denoted as R̄(`t) and R̄(`t−1), respectively, so that the penalty for quality variation is zero as long

as the two adjacent chunks are in the same track.
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literature [45]. We adopt a simple technique, which sets ut to ε, chooses Rt as the

maximum bitrate, and does not change Iout when ut ≤ ε. This corresponds to turning

off the integral control when ut is below ε. We set ε to a small positive value, 10−10, in

the rest of this chapter.

2.3.3 PIA parameter tuning

Three important parameters in PIA are Kp, Ki and β, where Kp and Ki determine the

system behavior and β is used for faster initial ramp-up. For a given network setting

(e.g., cellular networks), since β does not affect the steady-state behavior [45], we can

first assume a fixed β (e.g., β = 1) and tune Kp and Ki to achieve a desirable steady-state

behavior (i.e., jointly maximize the three metrics in QoE). Once Kp and Ki are fixed,

we then tune β for the initial stage of the video playback. The values of Kp and Ki

need to be tuned so that the resultant system behavior is compatible with the network

setting. Taking cellular networks as an example, since the bandwidth is highly dynamic,

it is reasonable to tune the system so that the buffer level does not fluctuate drastically.

Otherwise, the buffer can suddenly become very low, making the system vulnerable to

stalls. We describe this approach using a set of network traces from commercial cellular

networks in Section 2.4.2.

2.3.4 Putting it all together

We now summarize the workflow of PIA depicted in Fig. 2.2. PIA takes the target buffer

level xr, the current buffer level xt, and the estimated network bandwidth as input, and

computes the selected track level `∗t , which is then fed into the Video Player Dynamics

block to update the buffer level. PIA considers both present and past estimation errors,

as well as incorporates all the three QoE metrics in the control loop. PIA also includes

an anti-windup mechanism to deal with bitrate saturation, and a setpoint weighting

technique to provide faster initial ramp-up.
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2.4 Performance Evaluation

In this section, we evaluate the performance of PIA using simulation; evaluation through

real implementation on a video player is deferred to Section 2.6. Simulation allows us

to evaluate a large set of parameters in a scalable manner, while real implementation

provides insights under various system constraints. In both cases, the network condi-

tions are driven by a set of traces captured from commercial LTE networks that allow

reproducible runs, as well as apple-to-apple comparison of different schemes. We first

describe the evaluation setup, choice of parameters for PIA, and then compare PIA

against several state-of-the-art schemes.

2.4.1 Evaluation setup

Network bandwidth traces. We focus on LTE networks that dominate today’s cellu-

lar access technology. For evaluation under realistic LTE network environments, we

collected 50 network bandwidth traces from two large commercial LTE networks in

the US. These traces were collected under a wide range of settings, including different

times of day, different locations (in three U.S. states, CT, NJ and NY), and different

movement speed (stationary, walking, local driving, and highway driving).

Each trace contains 30 minutes of one-second measurement of network band-

width. The bandwidth was measured on a mobile device, as the throughput of a large

file downloading from a well provisioned server to the device. Fig. 2.3(a) is a boxplot

that shows the minimum, first quartile, median, third quartile, and maximum bandwidth

of each trace, where the traces are sorted by the median bandwidth. We see that the net-

work bandwidth is indeed highly dynamic. For some traces, the maximum bandwidth

is tens of Mbps, while the minimum bandwidth is less than 10 Kbps.

These network traces, by capturing the bandwidth variability over time, accu-

rately reflect the impact of lower level network characteristics (e.g., signal strength,

loss, and RTT) on the network bandwidth perceived by an application. Using the net-



26

Network trace index
10 20 30 40 50

Th
ro

ug
hp

ut
 (M

bp
s)

10-2

100

102

(a) Throughput.

Network trace index
10 20 30 40 50

P
re

di
ct

io
n 

er
ro

r

-2

-1

0

1

2

(b) Prediction error.

Fig. 2.3: Characteristics of the network bandwidth traces that are used in performance

evaluation.

work traces is sufficient when evaluating ABR schemes; there is no need to explicitly

incorporate lower level network characteristics since ABR adaptation operates at the

application level, using application-level estimation of the network bandwidth.

Video parameters. We use three video bitrate sets, all being Constant Bitrate (CBR)

videos: R1 = [0.35, 0.6, 1, 2, 3] Mbps, R2 = [0.35, 0.6, 1, 2, 3, 5] Mbps and R3 =

[0.2, 0.4, 0.6, 1.2, 3.5, 5, 6.5, 8.5] Mbps. The first set is based on the reference for YouTube

video bitrate levels (corresponding to 240p, 360p, 480p, 720p and 1080p respectively) [50].

The second set adds a higher bitrate level of 5 Mbps to the first set. The third set is

based on Apple’s HTTP Live Streaming standard [51]. For each bitrate set, we further

consider three variants with chunk duration of 2, 4, and 8 s.

ABR Schemes. We compare PIA against four other schemes; in Section 2.6, we further

compare the performance of PIA and BOLA [11], another state-of-the-art ABR scheme,

using DASH implementation.

• RB: The bitrate is picked as the maximum possible bitrate that is below the

predicted network bandwidth. This is a simple open-loop controller (see Sec-

tion 2.2), serving as a baseline.

• BBA [14]: It is a state-of-the-art buffer based scheme. We use BBA-0, which is
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the BBA variant for CBR streaming, the focus of this work. We set the lower

and upper buffer thresholds as θlow = 10 s and θhigh = 60 s, respectively, and

empirically verified that the above thresholds work well on our dataset.

• MPC and RobustMPC [13]: Both are state-of-the-art ABR schemes based on

model predictive control. RobustMPC is more conservative in estimating net-

work bandwidth, and has been shown to outperform MPC [17] in more dynamic

network settings (e.g., cellular networks). Both schemes use a look-ahead hori-

zon of 5 chunks (as suggested by the paper).

• PIA: Unless otherwise stated, the target buffer level xr = 60 s that is compatible

with the setting of BBA. In Section 2.4.3, we vary the target buffer level and

explore its impact on performance. The look-ahead horizon is set to 5 chunks,

i.e., N = 5 in Eq. (2.13).

For all the schemes, unless otherwise stated, the startup playback latency (i.e.,

the latency from when requesting the first chunk of the video to starting the playback

of the video), δ, is set to 5, 10 or 15 s. For BBA and MPC, their parameters are either

selected based on the original papers, or configured by us based on the properties of the

videos (e.g., chunk duration and encoding rates) as justified above.

Network bandwidth prediction. For the schemes that require network bandwidth es-

timation, it is set as the harmonic mean of the network bandwidth of the past 20 s.

Harmonic mean has been shown to be robust to measurement outliers [34]. Fig. 2.3(b)

shows the boxplots of the bandwidth prediction errors (the difference of the predicted

and actual bandwidths divided by the actual bandwidth) of the network bandwidth

traces used in our evaluations. Each box in the plot corresponds to the distribution

of all prediction instances within a particular trace. The prediction is at the beginning

of every second. As shown, the median prediction error is 20% to 40%, highlighting

the challenges of accurate bandwidth prediction in LTE networks. As we shall show
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later in Section 2.4.3, our PIA scheme is very robust to such levels of inaccuracy in

network bandwidth estimation.

2.4.2 PIA: Choice of parameters

Following the methodology outlined in Section 2.3.3, we first tune Kp and Ki, and then

tune β for PIA. One question we aim to answer is whether there exists a set of Kp and

Ki values that works well in a wide range of settings. This is an important issue related

to the practicality of PIA – because if the choice of Kp and Ki were too sensitive to

the settings, then tuning and/or adapting them for different settings would require more

effort.

Tuning Kp and Ki

We use a single combined performance metric when tuning Kp and Ki. This is because,

while as described earlier, the QoE is affected by three metrics (average video bitrate,

the amount of bitrate changes and rebuffering) jointly, comparing the QoE under dif-

ferent choices of Kp and Ki is much simpler when using a single combined metric.

Currently there is no consensus in the field around the form of such a metric. One ap-

proach is using a weighted sum of the three metrics as in [13]. Specifically, for a video

of M chunks,

QoE =

M∑
t=1

Rt − µ

M−1∑
t=1

|Rt+1 − Rt| − λ

M∑
t=1

S t. (2.15)

where Rt is the bitrate of the t-th chunk and S t is the amount of stalls for the t-th chunk,

and µ and λ are weights that represent, respectively, the importance of the middle and

last terms (i.e., bitrate changes and rebuffering) relative to the first term (i.e., average

bitrate) in the sum. There is no well agreed-upon settings for µ and λ; we therefore vary

µ and λ over multiple values to assess sensitivity.

The trace-driven simulation allows us to consider a very wide range of settings by

varying a number of parameters: the video bitrate set, video length, chunk size, startup
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Fig. 2.4: Region of Kp and Ki and the corresponding “heat” values in one setting (video

bitrate set R3, chunk duration 2 s, video length 20 min, startup latency 10 s,

µ = 1, λ = 8.5 (which is the same as the maximum bitrate (in Mbps) in R3).

latency, and µ and λ in (2.15). Specifically, the video bitrate set is either R1, R2, or R3

(see Section 2.4.1), video length is 5, 10 or 20 minutes, chunk duration is 2, 4 or 8 s,

startup latency is 5, 10 or 15 s, and µ is 1 or 2, and λ is the maximum bitrate level of

a video (e.g., 3 Mbps in R1) or twice as much. The choice of of µ and λ is based on

the settings in [13]. In each setting (i.e., after fixing the above parameters), we consider

each of the 50 network bandwidth traces individually. For the k-th network trace, we

vary the values of Kp and Ki in a wide range to find a pair of Kp and Ki that maximizes

the QoE (note that as described in Section 2.3, we only consider valid combinations

of Kp and Ki values, i.e., those so that the damping ratio is in [0.6, 0.8]). Once the

maximum QoE, denoted as Q∗k, is determined, the QoE under each valid (Kp, Ki) pair is

compared to Q∗k to see whether it is within 90% of Q∗k. Specifically, we define a binary

function fk(Kp,Ki) for the k-th network bandwidth trace, where fk(Kp,Ki) = 1 if the

resulting QoE under Kp and Ki is within 90% of Q∗k; otherwise, fk(Kp,Ki) = 0. We then

consider all the network bandwidth traces, and create a heat map with the “heat” for

each valid pair of Kp and Ki values as
∑

k fk(Kp,Ki). Clearly, a larger “heat” value for

a Kp and Ki pair means that it leads to good performance for more network bandwidth

traces.
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Fig. 2.4(a) shows an example heat map for one setting (details of the setting

described in the caption of the figure). The black region represents invalid Kp and Ki

pairs (i.e., those causing the damping ratio out of the desired range [0.6, 0.8]). For the

valid Kp and Ki pairs, the “heat” value varies, with the highest values in the bottom

left region, marked by the rectangle (brighter color represents higher “heat” values).

Fig. 2.4(b) is the histogram of the “heat” values in the rectangle area (excluding those

corresponding to invalid Kp and Ki pairs). It shows that majority of the values are close

to 50 (i.e., the maximum “heat”), indicating that the valid Kp and Ki pairs marked by

the rectangle provide good performance across almost all network traces.

We repeat the above procedure for all the settings, and find the following region

of Kp and Ki values leads to good performance for all the settings

Kp ∈
[
1 × 10−3, 14 × 10−3

]
Ki ∈

[
1 × 10−5, 6 × 10−5

]
s.t. ζ

(
Kp,Ki

)
∈ [0.6, 0.8] .

(2.16)

Specifically, under the above range of values, the average “heat” for the different set-

tings varies from 31 to 50, and the standard deviation varies from 0.25 to 3.45. The

results in the rest of the chapter use Kp = 8.8 × 10−3, approximately the middle of the

range of Kp in (2.16), and Ki = 3.6 × 10−5 so that the damping ratio is 1/
√

2, a widely

recommended value for damping ratio [49, 52].

The finding that a set of Kp and Ki values works well under a wide range of

settings is encouraging. Considering that the network traces were collected under a

wide range of settings and that they exhibit significantly different characteristics (see

Fig. 2.3), our results show that Kp and Ki can be tuned to accommodate the large vari-

ations among individual traces. The above results indicate that we can find a range

of Kp and Ki values to make the system capable of dealing with the rapid bandwidth

variations (one of the predominant characteristics of cellular networks), despite the dif-

ferences across individual network conditions.
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Fig. 2.5: Choosing β in PIA. In (b), the setting is the same as that used for Fig. 2.4.

Tuning β

Once Kp and Ki are determined, we tune β for the initial stage of the video playback.

Specifically, we set β to 0.01, 0.2, 0.4, 0.6, 0.8, and 1.0. Fig. 2.5(a) shows the step

response of the control policy (only the results for β = 0.01, 0.2 and 1 are shown for

better clarity). When β = 1, the buffer becomes full much more quickly than when

β = 0.2 and 0.01. This is because, as explained in Section 2.3.2, lower bitrate tends to

be selected when β = 1, causing the buffer to fill up more quickly.

To examine the three QoE metrics jointly, Fig. 2.5(b) plots the QoE when playing

up to the i-th chunk of a video of 600 chunks when β = 0.01, 0.2 or 1. The results are

averaged over all the network traces; the 95% confidence intervals are plotted in the

figure as well. We see that β indeed affects the QoE for the initial playback, and β = 1

leads to lower QoE compared to β = 0.01 and 0.2. Further investigation reveals that

β = 0.01 leads to more rebuffering than β = 0.2. The above results are for the setting

used for Fig. 2.4. Results in other settings show similar trends. Since rebuffering has

very detrimental effects on viewing quality, we use β = 0.2 in the rest of the chapter.

Last, the results of PIA core (i.e., without the three enhancing techniques) are

also shown in Fig. 2.5(b). We see that PIA core indeed leads to lower QoE compared

to the full-fledged PIA, demonstrating the benefits of our three enhancing techniques.
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Fig. 2.6: Performance comparison in the default setting (chunk duration 2 s, video bi-

trate set R2, video length 20 minutes, startup latency 10 s).

2.4.3 Performance comparison

In the following, we first present the performance of PIA in the default setting, i.e.,

chunk duration of 2 s, video bitrate set R2, video length of 20 minutes, and startup

latency of 10 s. After that, we evaluate the impact of the various parameters on the

performance of PIA.

Fig. 2.6 plots the CDF of the three QoE metrics over all network bandwidth traces

in the default setting. The performance of four schemes, RB, BBA, MPC, RobustMPC

and PIA, are plotted. We see that, while the amount of bitrate change and rebuffering is

low under RB, its average bitrate is significantly lower than those of the other schemes.

PIA achieves comparable average bitrate as BBA and MPC, with significantly less bi-

trate changes and rebuffering. Specifically, the average bitrate of PIA is 98% and 96%

of that of BBA and MPC, respectively, while the average amount of bitrate change is

49% and 40% lower, and the average amount of rebuffering is 68% and 85% lower

than BBA and MPC, respectively. RobustMPC has significantly lower rebuffering than

MPC, but its rebuffering is still higher than that under PIA. In addition, RobustMPC

leads to significantly lower average bitrate than MPC, PIA and BBA.

Overall, PIA achieves the best balance among the three conflicting QoE metrics.

As described earlier, the inferior performance of RB is because it uses an open-loop

control without any feedback. The superior performance of PIA compared to BBA is
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because BBA implicitly uses one form of P-control (Section 2.2) that only takes the

present error into account, while PIA considers both the present and past errors. PIA’s

approach of applying PID in an explicit and adaptive manner further facilitates the de-

sign and improves the performance. The performance of MPC is sensitive to network

bandwidth estimation errors [13]: it solves a discrete optimization problem at each step;

when network bandwidth estimation is inaccurate, the input to the optimization prob-

lem is correspondingly inaccurate, leading to suboptimal performance. RobustMPC

leads to lower rebuffering than MPC due to its more conservative network bandwidth

estimation. It, however, also leads to significantly lower bitrate choices.

To provide further insights, Fig. 2.7 plots the bitrate selection and the buffer level

over time for BBA, MPC and PIA when using one network trace. For reference, it also

plots the network bandwidth of the trace. We clearly see that BBA has significantly

more bitrate changes; MPC tends to be more aggressive in choosing higher bitrates,

which can lead to excessive rebuffering. The bitrate selection under PIA matches well

with the network bandwidth without frequent bitrate changes. In terms of the buffer

level/occupancy (i.e., the duration of the video content that has been brought in and has

not yet been played back) shown in the bottom plot in Fig. 2.7, the buffer level of MPC

is lower than that of BBA and PIA due to its aggressive choice of bitrate; the buffer

level of PIA reaches the target level of 60 s at around 300 s, and then stays around the

target level; the buffer level of BBA is in between that of MPC and PIA.

Impact of target buffer level. We vary the target buffer level, xr, from 30 to 200

seconds, and evaluate its impact on the various performance metrics. We observe that

larger target buffer levels lead to lower bitrate choices (to reach the larger target buffer

levels during buffer ramp-up periods, e.g., at the beginning of the playback or after stall

events). A large target buffer level also has the drawback that it may lead to more waste

of resources when a user abandons watching a video in the middle of the playback. Us-

ing a small target buffer level, however, can lead to higher rebuffering. Fig. 2.8 plots the

average bitrate and the amount of rebuffering for different xr values. We observe no-
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Fig. 2.7: Comparison of different schemes for one trace under the default setting (chunk

duration 2 s, video bitrate set R2, video length 20 minutes, startup latency 10

s). The plot on buffer level shows the results until the end of the downloading.

ticeably lower bitrate when xr = 150 seconds, and noticeably higher rebuffering when

xr = 30 seconds. Setting xr to 50 to 120 seconds leads to similarly good performance

in all three performance metrics (the average bitrate change between two consecutive

chunks across the xr values is similar, and is not shown in the figure).

Impact of video length. The above results are for video length of 20 mins. We vary

the ending time of the video to investigate PIA’s performance for shorter videos. When

the ending time is larger than 5 mins (i.e., video length longer than 5 mins), we observe

similar results as before; for much shorter videos, PIA has lower average bitrate com-

pared to MPC (the average bitrate of PIA is 81% of MPC when the video length is 2

minutes, and 90% of MPC when the video length is 5 minutes), but still outperforms

BBA and MPC on the other two metrics. We investigate how to improve the bitrate of

PIA in the startup phase in Section 2.5.

Impact of video bitrate sets. Recall that the video bitrate set R2 has one higher bitrate

level of 5 Mbps compared to R1. We further investigate two more video bitrate sets

R4 = [0.2, 0.35, 0.6, 1, 2, 3] Mbps, which has one lower bitrate of 0.2 Mbps compared
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Fig. 2.8: Impact of the target buffer level on performance (video bitrate set R2, chunk

duration 2 s, video length 20 minutes, startup latency 10 s).

to R1; and R5 = [0.2, 0.35, 0.6, 1, 2, 3, 5] Mbps, which has one lower and one higher

video bitrate levels (of 0.2 and 5 Mbps) compared to R1. We observe consistent trend

for all the schemes under the above three video bitrate sets. Comparing the results

under R1 and R2, we see that adding one higher bitrate level leads to higher average

video bitrate, more bitrate changes, and more rebuffering; comparing the results under

R1 and R4, we see that adding one lower bitrate level maintains the average video

bitrate while reducing bitrate changes and rebuffering; comparing R1 and R5, we see

that adding both one lower and higher bitrate levels increases the average video bitrate

and bitrate changes, while reducing the rebuffering. In general, adding more bitrate

levels helps improve at least one of the three metrics. Across the settings, PIA has the

lowest bitrate switches, the lowest rebuffering, and similar average bitrate compared to

BBA and MPC.

Impact of video chunk duration. We vary the video chunk duration by setting it to 2,

4, or 8 s. We found that, for all chunk durations, PIA consistently outperforms MPC

and BBA in balancing the tradeoffs incurred by the three metrics. For example, for

chunk duration of 8 s, PIA’s average playback bitrate differs from BBA and MPC only

by 0.1% and 3.2%, respectively, while PIA reduces the rebuffering duration by 67%
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and 68% compared to those of BBA and MPC, respectively.

Buffer occupancy and impact of maximum buffer size. In the evaluations so far,

we assume that all data downloaded ahead of the current playback point is stored in

the client buffer until it is played back. Fig. 2.9 plots the distribution of the buffer

occupancy (i.e., all the chunks brought in that have not yet been played back) under

PIA in the default setting across all the network traces, where we record the buffer

occupancy after downloading each chunk. We observe that 52% of the time, the buffer

occupancy is below the target buffer size (60 s), 85% of the time it is below 100 s, and

95% of the time it is below 200 s. The above results indicate that, while there is no

explicit constraint on buffer size, the amount of video stored at the client under PIA is

not large (200 s of video corresponds to at most 125 MB even if we consider buffering

the maximum bitrate track in R2).

In practice, a player may impose a maximum buffer size, Bmax, so that the amount

of video downloaded before its playback time does not exceed this limit. We explore

a simple strategy for this case. Specifically, the client stops downloading video when

the buffer is full, and resumes downloading when there is space in the buffer. We set

Bmax = 90, 120, 150, 180 or 210 s, motivated by the practice of commercial players,

which set the maximum buffer limit to tens to hundreds of seconds [14, 24, 30, 53]. In

the following, in the interest of space, we only report the results when Bmax = 90 or 210

s.

When imposing the maximum buffer limit, not surprisingly, the average bitrate of

all the schemes is reduced. On the other hand, the reduction under PIA when Bmax = 90

s is only slightly more than that Bmax = 200 s (consistent with the observation in Fig. 2.9

that 82% and 96% of the time, the buffer size is less than 90 s and 210 s, respectively).

PIA still achieves the best balance among the three conflicting performance metrics.

Fig. 2.10 plots the distribution of the tracks selected by PIA under the default setting

across all the network traces (the video bitrate set R2 has six tracks with increasing

bitrate). For comparison, the bitrate choices when there is no maximum buffer limit
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are also plotted in the figure. We observe that, when imposing a maximum buffer limit,

the probability of choosing the highest track is reduced (particularly when Bmax = 90

s), while the probability of choosing the lower tracks is increased. This is because,

with the maximum buffer limit, the amount of video in the buffer is limited (and hence

tends to be less than the amount when there is no buffer limit); the player thus has

less cushion for preventing buffer underruns, and is less likely to choose the highest

track (which takes longer to download compared to lower tracks, causing more buffer

drainage). Fig. 2.11 shows an example. We see from 150 to 260 seconds, the buffer

level is significantly lower under Bmax = 90 s than that when Bmax = 210 s. As a result,

the player chooses lower tracks for the former, while choosing the highest track for the

latter.

In the above, we use a simple strategy that stops downloading when the buffer

is full, which does not fully leverage the network bandwidth. This simple strategy can

be improved in two directions. The first direction is segment replacement, i.e., the

player can leverage the bandwidth to preempt some earlier downloaded chunks that are

of lower bitrate (i.e., replace them with chunks with higher bitrate and hence quality).

While segment replacement has been used in commercial systems, the performance

of existing commercial implementation is not satisfactory [24]. The key decision of

segment replacement is to select which chunks to preempt and which bitrate levels to

replace them with, which we will investigate in future studies. The second direction

is designing bitrate selection strategies to download higher bitrate chunks proactively,

instead of filling in the buffer with lower bitrate chunks. Further exploration along this

direction is also left as future work.

Impact of startup delay. So far we have set the startup delay to be 10 s, i.e., waiting

for 10 s after requesting the first chunk of the video before starting the playback of

the video. We next vary the startup delay. Specifically, we assume the chunk duration

is 2 or 6 s and the startup delay is 6 or 12 s, equivalent to 3 or 6 chunks for chunk

duration of 2 s, and 1 or 2 chunks for chunk duration of 6 s. Our results show that
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Fig. 2.9: The distribution of buffer occupancy of PIA (under the default setting, i.e.,

chunk duration 2 s, video bitrate set R2, video length 20 minutes, startup

latency 10 s).
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Fig. 2.10: Impact of the maximum buffer size on the bitrate adaptation of PIA (under

the default setting, i.e., chunk duration 2 s, video bitrate set R2, video length

20 minutes, startup latency 10 s).

the amount of rebuffering depends more on the number of chunks that is downloaded

during the startup delay, and is less sensitive to the length of the startup delay. For

the same amount of startup delay (in seconds), using a smaller chunk duration leads

to less rebuffering than using a larger chunk duration. In addition, having at least 2

or 3 chunks in buffer before playback starts leads to significantly less rebuffering than

having a single chunk. The above findings are consistent with those in [24].
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Fig. 2.11: An example that illustrates the impact of the maximum buffer size on the

bitrate choice of PIA (under the default setting, i.e., chunk duration 2 s,

video bitrate set R2, video length 20 minutes, startup latency 10 s).

2.4.4 Computational overhead

As described earlier, the computational overhead of PIA is much lower than that of

MPC: for |L| bitrate levels and horizon N, the complexity of MPC is O(|L|N), while

the complexity of PIA is O(|L|N). Table 2.2 compares the average execution time of

running MPC, BBA and PIA for a 600-chunk video (2-second chunk with bitrate set

R2) on a commodity laptop with Intel i5 2.6 GHz CPU and 16 GB RAM. The CPU time

for PIA is 0.17 s, comparable to that of BBA. The CPU time for MPC is more than 200

times higher than that for PIA.

Table 2.2: Comparison of computational overhead.

MPC BBA PIA

CPU time (s) 36.04 0.08 0.17
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Fig. 2.12: Performance of PIA-E versus other schemes (chunk duration 2 s, video bi-

trate set R2, startup latency 10 s).

2.5 Improving Startup Performance

As shown in Section 2.4, the average bitrate under PIA in the startup phase (up to 5

minutes into the playback) can be 20% lower than that of MPC. We next present a

variant of PIA, PIA-E (PIA Enhanced), that improves PIA’s startup performance. The

bitrate selection during the startup phase needs to balance two aspects: the quality of

the video and the accumulation of the video content. The quality of the early part of

the video (the chunks downloaded during the startup phase) is important, since low

quality may prompt a user to stop watching the video. On the other hand, the startup

phase also plays an important role in building up the video content in the buffer to

reduce the likelihood of rebuffering in the future; choosing lower bitrate chunks helps

to accumulate more content in the buffer. A good strategy for the startup phase thus

needs to account for these two conflicting aspects.

Our goal of designing PIA-E is to increase the bitrate for the early part of the

video, without increasing the amount of rebuffering during the later part of the play-

back. We achieve this goal by dynamically adjusting a selective set of parameters over

time. Specifically, observe from Eq. (2.13) that the bitrate for the early part of the

video can be increased by decreasing the controller output, ut, which can be achieved

by adjusting the parameters, Kp, β, xr, and Ki, based on Eq. (2.11). Let Kp(t), β(t),

xr(t), and Ki(t) denote the values of these parameters at time t. We next describe one
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design of PIA-E that adjusts Kp(t) and xr(t) overtime. At the end of this section, we

discuss other design options.

Adjusting Kp(t) and xr(t). This design keeps β(t) = β and Ki(t) = Ki, and dy-

namically adjusts Kp(t) and xr(t) over time, starting with initial values that are selected

for the startup phase, and ending with the values that have been tuned for the steady

state. Specifically, we set Kp(t) as a decreasing function of t that decreases from an ini-

tial value αKp, α > 1, to Kp over a time interval, and set xr(t) as an increasing function

of t that increases from a small value to xr over a time interval. As a result, the first

term in Eq. (2.11) is a non-negligible negative value at the beginning of the playback,

leading to lower ut and hence larger bitrate choices. Specifically, let τ denote the time

interval. We set

Kp(t) =


αKp −

(αKp−Kp)t
τ

, 0 ≤ t ≤ τ

Kp , t > τ
(2.17)

Similarly, we set xr(t) as a linear function with the minimum value of 2∆ initially (which

is twice of the chunk duration; the target buffer level cannot be zero, and the value 2∆

is chosen empirically).

xr(t) =


max

(
2∆, xrt

τ

)
, 0 ≤ t ≤ τ

xr , t > τ
(2.18)

In the above design, xr(t) follows a ramp change. For such a ramp change, the

system in Eq. (2.11) can track xr with the error proportional to the inverse of the so-

called velocity constant Kv in the steady state [48]. From the transfer function Eq.

(2.12), we derive Kv as 1/Kv = Kp(1 − β)/Ki. Evidently, when β = 1, the steady sate

error is zero, and is non-zero when β < 1. Therefore, we choose β = 1 for the above

choice of xr(t).

We explored the choice of α (as 2 or 4) and τ (as 2, 5, or 10 minutes). Fig. 2.12

plots the performance of PIA-E versus other schemes, α = 4 and τ = 5 minutes (which
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achieves the best tradeoff). The results when playing up to 2, 5, 10 or 20 minutes

of the video are shown in the figure. We observe that for the first 2 minutes, PIA-E

indeed leads to significantly higher bitrate: the average bitrate is 14% higher than that

of PIA, 27% higher than that of BBA and only 8% lower than that of MPC. On the

other hand, the average bitrate change for PIA-E is higher than that of PIA, but still 9%

less compared to MPC on average. The amount of rebuffering of PIA-E is similar to

that of PIA. When the ending time is larger (i.e., 5, 10 or 20 minutes), the performance

of PIA-E is very close to PIA, confirming that the more aggressive bitrate choice of

PIA-E for the early part of the video does not adversely affect the performance for the

later part of the video.

Other designs. In the above design, we set Kp(t) and xr(t) as piece-wise linear

functions. We also explored setting them as exponential functions, and observed that

the resultant design can achieve similar performance. In addition, we have explored

dynamically adjusting Kp(t) and β(t), and observed similar performance3. Last, we

explored dynamically adjusting a single parameter (e.g., xr(t)), and observed that the

resultant performance is inferior to that when adjusting two parameters simultaneously.

2.6 Evaluation using DASH Implementation

We have implemented PIA and PIA-E using dash.js (version 2.2.0) [53], a production

quality open source framework provided by DASH Industry Forum [54]. To evaluate

the performance of PIA and PIA-E under realistic network settings, we create an em-

ulation environment as follows. We use a Linux machine running Apache httpd as the

video server and a Windows laptop (with i7-5700HQ 3.50 GHz CPU and 16 GB mem-

ory) as the client. The server and client are connected by a 100 Mbps Ethernet link. We

apply the Linux tc tool at the server to emulate the downlink bandwidth using the LTE

bandwidth traces that we collected. The latency between the server and client is set to

3 Note that in Eq. (2.11), since ut is affected by the product of β and xr, it is sufficient to vary either

β(t) or xr(t); there is no need to vary them simultaneously.
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Fig. 2.13: Performance comparison in DASH (music show, chunk duration 2 s, video

length 15 minutes, startup latency 10 s).

70 ms as it is the average latency reported by OpenSignal’s latency report. The client

uses Chrome browser to run dash.js.

Implementation of PIA and PIA-E in dash.js. We implemented two new

ABR streaming rules (each about 400 LoC) in dash.js to realize PIA and PIA-E. The

parameters used for PIA and PIA-E are as those used in Sections 2.4 and 2.5, respec-

tively. The bandwidth estimation requires knowing the past throughput per second (we

use the harmonic mean of the throughput of the past 20 seconds). We therefore further

developed a bandwidth estimation module that uses progress events in dash.js to ob-

tain the past throughput per second. Specifically, when receiving one progress event,

we calculate the number of bytes downloaded since the last event.
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Fig. 2.14: Performance comparison in DASH (BBB, chunk duration 5 s, video length

10 minutes, startup latency 10 s).

Videos. We use three CBR videos encoded using FFmpeg [55]. The first video is

a music show, around 15 minutes long, with five tracks of resolution 240p, 360p, 480p,

720p and 1080p, respectively (the bitrate of the tracks varies from 0.36 to 3.09 Mbps);

the chunk duration is 2 s. The other two videos are Big Buck Bunny (BBB) and Tears

of Steel (ToS), both around 10 minutes long, with chunk duration of 5 s. ToS has five

tracks, with the same resolutions and slightly lower bitrate (0.32 to 2.84 Mbps across

the tracks) compared to the music show. BBB has one additional lower track (144p

resolution) and the bitrate of the six tracks varies from 0.11 to 2.20 Mbps.

Comparing simulation and implementation results. We compare the results

obtained from our dash.js implementation with those from the simulations, and con-
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firm that the results are consistent. Specifically, for the music show, under PIA, 90% of

the relative differences between implementation and simulation results are within 6.5%

for average bitrate; for bitrate changes and rebuffering duration, 90% of the absolute

differences are within 15 Kbps/chunk and 3 s, respectively. The results for PIA-E are

similar. The performance differences between implementation and simulation results

are due to multiple reasons. First, the simulation assumes a perfect CBR video where

all the chunks in the same track have exactly the same bitrate; the video used in the

implementation, while encoded as CBR, has bitrate variability across the chunks. Sec-

ond, the implementation results are affected by various practical factors (e.g., server

response time, client computational and response time, network RTT and TCP window

size), which are not accounted for in the simulations.

Performance comparison. We compare the performance of PIA and PIA-E with

a state-of-the-art scheme, BOLA [11], that was implemented in dash.js version 2.2.0.

BOLA selects the bitrate to maximize a utility function considering both rebuffering

and delivered bitrate. The upper threshold of BOLA is set to 60 s (the default value is

30 s) to be compatible with the target buffer level of 60 s in PIA. Fig. 2.13 plots the QoE

metrics of PIA, PIA-E and BOLA for the music show video. We observe that PIA-E

achieves higher average bitrate than PIA and BOLA for the first 2 minutes of the video.

For the entire video, PIA-E leads to comparable performance as PIA: PIA-E leads to

slightly more rebuffering, and similar average bitrate and bitrate changes. BOLA has

higher rebuffering and lower bitrate changes than PIA and PIA-E. Fig. 2.14 plots the

results for the BBB video. We observe similar results as those for the music show

except that (i) the average bitrate change per chunk for all the three schemes is larger,

which is due to the larger chunk duration in BBB (5 versus 2 s), and (ii) the amount of

rebuffering is significantly lower due to the much lower bitrate of the lowest track in

BBB (0.11 versus 0.36 Mbps). For ToS, the average bitrate change per chunk is similar

to that for BBB due to the same chunk duration of 5 s of these two videos, and the

amount of rebuffering is similar to that of the music show due to the similar bitrate of
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the lowest track of these two videos (the figures are omitted in the interest of space).

Runtime overhead. We record the CPU execution time of the ABR logic in

the JavaScript code when a video is being played. The execution time of the default

ABR logic in the dash.js player is 1.2 s for the entire 15-min music show video. The

execution time of our PIA logic is 1.9 s, only slightly larger than that of the default

ABR logic. For PIA-E, the execution time is 2.0 s (compared to PIA, it has additional

calculation of Kp(t) and β(t)). The execution time PIA-E and for the other two videos is

similar. The above results indicate that PIA incurs very small runtime overhead, despite

its non-trivial decision process shown in Fig. 2.2.

2.7 Conclusion and Future work

In this chapter, we have explored using feedback control theory for creating the adapta-

tion logic component critical to ABR video streaming. By strategically applying a PID

controller in an explicit and adaptive manner, PIA considerably outperforms the state-

of-the-art video streaming schemes in balancing the complex tradeoffs associated with

the key QoE metrics, as demonstrated by extensive evaluations. PIA is also lightweight

and easy to deploy. We believe the same high-level principle can be applied to other

multimedia applications with content quality adaptation, such as live video conferenc-

ing. In our future work, we plan to port our implementation to mobile devices to better

assess PIA’s performance in the wild, and also conduct deeper exploration of other

network and streaming settings (e.g., live streaming).



Chapter 3

ABR Streaming of VBR-encoded Videos: Characterization,

Challenges, and Solutions

3.1 Introduction

Adaptive Bitrate (ABR) streaming (specifically HLS [3] and DASH [4]) has emerged

as the de facto video streaming technology in industry for dynamically adapting the

video streaming quality based on varying network conditions. A video is compressed

into multiple independent streams (or tracks), each specifying the same content but

encoded with different bitrate/quality. A track is further divided into a series of chunks,

each containing data for a few seconds’ worth of playback. During streaming playback,

to fetch the content for a particular play point in the video, the adaptation logic at the

client player dynamically determines what bitrate/quality chunk to download.

The video compression for a track can be (1) Constant Bitrate (CBR) – encodes

the entire video at a relatively fixed bitrate, allocating the same bit budget to both sim-

ple scenes (i.e., low-motion or low-complexity scenes) and complex scenes (i.e., high-

motion or high-complexity scenes), resulting in variable quality across scenes, or (2)

Variable Bitrate (VBR) – encodes simple scenes with fewer bits and complex scenes

with more bits, while maintaining a consistent quality throughout the track.

VBR presents some key advantages over CBR [22], such as the ability to realize

better video quality for the same average bitrate, or the same quality with a lower bi-

trate encoding than CBR. Traditionally, streaming services mainly deployed only CBR,

47
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partly due to various practical difficulties including the complex encoding pipelines for

VBR, as well as the demanding storage, retrieval, and transport challenges posed by

the multi-timescale bitrate burstiness of VBR videos. Most recently content providers

have begun adopting VBR encoding [14, 23, 24], spurred by the promise of substan-

tial improvements in the quality-to-bits ratio compared to CBR, and by technological

advancements in VBR encoding pipelines. Current commercial systems and ABR pro-

tocols do not fully make use of the characteristics of VBR videos; they typically assume

a track’s peak rate to be its bandwidth requirement when making rate adaptation deci-

sions [24]. Existing ABR streaming research centered mostly on CBR encoding, and

very little on the VBR case (see §3.7). Therefore there exists little prior understanding

of the issues and challenges involved in ABR streaming of VBR videos.

In this chapter, we explore a number of important open research questions around

ABR streaming for VBR-encoded video. We make the following main contributions:

•We analyze the characteristics of VBR videos (§3.3) using a rich set of videos span-

ning diverse content genres, predominant encoding technologies (H264 [31] and HEVC

(H.265) [32]) and platforms (§3.2). Jointly examining content complexity, encoding

quality, and encoding bitrates, we identify distinguishing characteristics of VBR en-

codings that impact user QoE, and their implications for ABR rate adaptation and QoE

metrics. We find that, for real-world VBR encoding settings, complex scenes, although

encoded with more bits, have inferior encoding quality compared to other scenes in

the same track, across a range of video quality metrics. We also find that different

chunk sizes across the video can be used to identify relative scene complexity with

high accuracy. These two key observations (i) suggest the need to provide complex

scenes with differential treatment during streaming, as improving the quality of com-

plex scenes brings more QoE enhancement compared to improving simple scenes [27],

and (ii) provide us a practical pathway towards achieving this differential treatment in

the context of today’s de facto ABR protocols where the scene complexity or quality

information is typically unavailable to the ABR logic.
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• Based on our analysis, we enunciate three key design principles (non-myopic, differ-

ential treatment, and proactive) for ABR rate adaptation for VBR videos (§3.4). These

principles explicitly account for the characteristics of VBR videos (including scene

complexity, quality, and bitrate variability across the video). Specifically, the non-

myopic principle dictates considering multiple future chunks when making rate adapta-

tion decisions, leading to better usage of the available network bandwidth; the differen-

tial treatment principle strategically favors complex scenes over simple scenes for better

user QoE; the last principle proactively reacts to chunks’ variable sizes/bitrates by, for

example, pre-adjusting the target buffer level, thus further facilitating the smoothness

and adaptiveness of VBR streaming.

• We design CAVA (Control-theoretic Adaption for VBR-based ABR streaming), a

novel, practical ABR rate adaptation algorithm based on concrete instantiations of these

principles (§3.5). CAVA uses control theory that has shown promise in adapting to dy-

namic network bandwidth such as that in cellular networks [13, 56]. Its design involves

two tightly coupled controller loops that work in synergy using easy-to-obtain informa-

tion such as VBR chunk sizes and historically observed network bandwidth. Specifi-

cally, CAVA improves the QoE by (i) using Proportional-Integral-Derivative (PID) con-

trol concepts [45] to maintain a dynamic target buffer level to limit stalls, (ii) judiciously

selecting track levels to maximize the quality while minimizing quality changes, and

(iii) strategically favoring chunks for complex scenes by saving bandwidth for such

chunks.

• We evaluate the performance of CAVA for a wide range of real-world network sce-

narios, covering both LTE and broadband (§3.6). Our results show that CAVA con-

siderably outperforms existing state-of-the-art ABR schemes across several important

dimensions. It provides significantly enhanced quality for complex scenes while not

sacrificing the quality of other scenes. Depending on the video, the percentage of low-

quality chunks under CAVA is up to 75% lower than that of other schemes. CAVA also

leads to substantially lower rebuffering (up to 95%) and quality variation (up to 48%).
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The network data usage under CAVA is in the same ballpark or slightly lower than most

of the other schemes. The above results demonstrate that CAVA achieves a much better

balance in the multiple-dimension design space than other schemes.

The performance improvements hold across a wide spectrum of settings, indicat-

ing that the three design principles hold broadly. Our implementation of CAVA in the

open source dash.js [53] player further demonstrates that CAVA is lightweight and

practical.

3.2 The VBR Video Dataset

Our video dataset includes 16 videos: 8 encoded by YouTube, and 8 encoded by us

using FFmpeg [55], following specifications in [57]. Each video is around 10 minutes,

and includes 6 tracks/levels (we use the terms track and level interchangeably) for ABR

streaming, with resolutions of 144p, 240p, 360p, 480p, 720p, and 1080p, respectively.

Our use of YouTube and FFmpeg encodings complement each other. YouTube

represents the state-of-the-art practice of VBR encoding from a popular commercial

streaming service. With FFmpeg, we explore state-of-the-art VBR encoding recommen-

dations from another commercial streaming service, Netflix [57]. We also use FFmpeg

to explore a variety of other settings (e.g., 4x-capped video (§3.3.3), H.265 encoding)

beyond the above cases. We next explain in detail how we obtain our dataset.

Videos Encoded by FFmpeg. We select 4 publicly available raw videos from [58].

These videos include Elephant Dream (ED), Big Buck Bunny (BBB), Tears of Steel

(ToS), and Sintel, in the categories of animation and science fiction. We encode these 4

raw videos into 4 H.264 and 4 H.265 videos using FFmpeg (8 encoded videos in total).

For each video, we choose the aforementioned six tracks (144p to 1080p), consistent

with [59]. To encode each track, we follow the per-title “three-pass” encoding proce-

dure from Netflix [57]. In the first pass, a video clip is encoded using a fixed constant

rate factor (CRF) value, which accounts for motion and has been shown to outper-

form other methods such as constant quantization parameter (QP) [60]. In the second
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and third passes, we use the output bitrates of the first step to drive a two-pass VBR

encoder to avoid over-allocating bits for simple scenes and under-allocating bits for

complex scenes. In practice, capped VBR (i.e., the chunk bitrate is capped at a certain

high limit) is often used to limit the amount of bitrate variability and enable the player

to estimate the incoming chunk sizes [24]. Following the latest recommendations from

HLS [38], we encode the videos to be 2× capped (i.e., the peak bitrate is limited to

200% of the average) using -maxrate and -bufsize, two options in FFmpeg. After a

track is encoded, we segment it into 2-sec chunks.

Our encoding uses both the widely adopted H.264, and a more recent and efficient

codec, H.265 [32]. We use CRF value of 25, which provides good viewing quality [57,

60].

For an encoded video, we assess its quality relative to a reference video (§3.3.1),

which is its corresponding raw video footage.

Videos Encoded by YouTube. We upload the aforementioned 4 raw videos to

YouTube and download the encoded videos using youtube-dl [61]. We also down-

loaded 4 other videos from YouTube, in the categories of sports, animal, nature and

action movies.

The highest quality track of these 4 videos has a resolution of 2160p, with average

bitrate of 14 − 18 Mbps, significantly higher than lower tracks. To be consistent with

the other videos which were 6-track with top track at 1080p, for these 4 videos, we use

the bottom six tracks between 144p and 1080p as the set of tracks for ABR adaptation.

We use the top track (2160p) as the reference video to measure the video quality of the

lower tracks, as we do not have the raw source for these videos. All YouTube videos

are encoded using H.264 codec [31], with chunk duration around 5 seconds, consistent

with that in [62].

Chunk Duration and Bitrate Variability. Overall, our dataset includes two

chunk durations: 2 (FFmpeg encodings) and 5 seconds (YouTube encodings). They

are consistent with the range of chunk durations (2 to 10 seconds) that are used in
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Fig. 3.1: Bitrate of the chunks of a VBR video (Elephant Dream, H.264, YouTube en-

coded).

commercial services [24], and allow us to investigate the impact of chunk duration

on the performance of ABR streaming in §3.6. All encoded videos exhibit significant

bitrate variability: the coefficient of variation of the bitrate in a track varies from 0.3 to

0.6. Fig. 3.1 shows an example YouTube video; the six horizontal dashed lines mark the

average bitrate of the six tracks. All encodings are capped VBR: for YouTube videos,

the maximum bitrate of a track ranges between 1.1× to 2.3× the average bitrate; for

the FFmpeg videos, the corresponding range is 1.4× to 2.4×. Note that although we set

the cap to 2× explicitly for FFmpeg, the resulting videos can exceed the cap slightly

to achieve the specified quality. For all videos, the two lowest tracks have the lowest

variability, since the low bitrate limits the amount of variability that can be introduced

in VBR encoding; for all the other tracks, the ratio is 1.4 to 2.4.

3.3 VBR Streaming: Challenges

We now analyze our video dataset described in §3.2: we first present the characteristics

of VBR encoding, and then show its implications for ABR streaming, highlighting

challenges of streaming VBR videos.
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3.3.1 VBR Video Characteristics

Scene Complexity and Chunk Size

Classifying chunks by scene complexity is useful for ABR streaming since the knowl-

edge of scene complexity can be used for rate adaptation. For instance, since complex

scenes in a video play a particularly important role in viewing quality [27], the player

may choose higher tracks for complex scenes to bring more enhancement to viewing

experience.

One way of determining scene complexity is through Spatial information (SI) and

Temporal Information (TI) [63], two commonly used metrics for quantifying the spatial

and temporal complexity of the scenes. This approach, however, requires computation-

heavy content-level analysis. More importantly, such scene complexity information is

not available in the complex ABR streaming pipeline in today’s commercial services,

and would involve non-trivial changes to realize, including resources to compute the

complexity information and new features to the ABR streaming standard specifications.

Below, we propose a simple and lightweight method that uses relative chunk size to

approximate scene complexity, and can be readily used for ABR streaming (§3.3.2).

Our approach is motivated by the following two properties. (1) Since the VBR

encoding principles dictate that simple scenes are encoded with fewer bits and complex

scenes with more bits [64], we expect that the relative size of a chunk (in bytes) can

be used as a proxy for the relative scene complexity. (2) Since the scene complexity

is a function of the content itself (e.g., motion, details in the scene), we expect that

the scene complexity at a given playback point in a video is consistent among different

tracks. Combining with the property that the relative size of a chunk is correlated with

the scene complexity, we expect that a chunk that is relatively large/small in one track

(compared to other chunks in that track) is also relatively large/small in another track.

We verify the above two properties as follows. To verify Property (1), we cal-

culate the SI and TI values (recall that SI and TI are two commonly used complexity
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Fig. 3.2: Chunk SI & TI (Elephant Dream, Track 3).

metrics) for each chunk in a video. Specifically, we obtain SI and TI values from the

raw video, which is not affected by encoding distortion, and hence the SI and TI values

thus obtained reflect the inherent scene complexity more accurately. We then consider

an encoded video, for each track, we classify the chunks into four categories, based on

their size distribution. Specifically, a chunk with a size falling into the first quartile is

called a Q1 chunk, and a chunk with a size falling into the second quartile is called a

Q2 chunk, and so on. We observe that indeed chunks in lower quartiles have lower SI

and TI values, while the Q4 chunks tend to have the largest SI and TI values. Fig. 3.2

shows an example. For the H.264 encoding, Fig. 3.2(a) shows that 78% of Q4 chunks

have SI and TI larger than 25 and 7, respectively, while only 11% of Q1 chunks and

14% of Q2 chunks have SI and TI larger than these thresholds. For H.265 (Fig. 3.2(b)),

75% of Q4 chunks have SI and TI larger than 25 and 7, respectively, while only 5%

of Q1 chunks and 14% of Q2 chunks have SI and TI larger than these thresholds. To

verify Property (2), let {c`,1, . . . , c`,n} denote the sequence of the chunk categories for

track/level `, where c`,i ∈ {1, 2, 3, 4} represents the category of the ith chunk in track

`, and n is the number of chunks in a track. We then calculate the correlation between

each pair of tracks. Our results confirm that all the correlation values are close to 1, in-

dicating that chunks with the same index (i.e., at the same playback position) are indeed

in consistent categories across tracks.

The above two properties together suggest that we can classify chunks into differ-
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ent categories of scene complexity simply based on chunk size. For consistent classifi-

cation across tracks, we can leverage the consistent relative sizes across tracks, use one

track as the reference track, and classify chunks at different playback positions based

on their chunk sizes in that track (so that chunks with the same index will be in the same

class). Specifically, we choose a reference track (e.g., a middle track), and classify the

chunks at different playback positions into four categories, Q1, Q2, Q3, and Q4 chunks,

based on which quartile that the size of a chunk falls into. After that, all chunks in the

same playback positions are placed into the same category, regardless of the tracks.

The above classification method is based on quartiles. Other methods can also be

used (e.g., using five classes instead of four classes); our design principles (§3.4) and

rate adaptation scheme (§3.5) are independent of this specific classification method.

Scene Complexity and Encoding Quality

After classifying chunks into the four categories as above, we now analyze the encoding

quality of the chunks in each category. VBR encoding allocates fewer bits to simple

scenes and more bits to complex scenes so as to maintain a constant quality across the

scenes [64]. We show below, however, the quality across the scenes is not constant in

a specific track. Specifically, we use three quality metrics, Peak Signal-to-Noise Ratio

(PSNR), Structural Similarity Index (SSIM) [65], and Video Multimethod Assessment

Fusion (VMAF) [66, 67, 68]. PSNR is a traditional image quality metric. The PSNR

of a chunk is represented as the median PSNR of all frames in that chunk. SSIM is a

widely used perceptual quality metric; it utilizes local luminance, contrast and structure

measures to predict quality. VMAF is a recently proposed perceptual quality metric that

correlates quality strongly with subjective scores and has been validated independently

in [69]. There are two VMAF models: TV model for larger screens (TV, laptop, tablet),

and phone model for smaller screens (phones). The aggregate VMAF of a chunk can

be calculated in multiple ways [70]. We use the median VMAF value of all frames in

a chunk as the VMAF value for the chunk (using mean leads to similar values for the
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Fig. 3.3: Quality of chunks in a VBR video (Elephant Dream, YouTube encoded,

H.264).

videos in our dataset).

Fig. 3.3 plots the CDF of the quality, measured in PSNR, SSIM, VMAF TV,

and VMAF phone model, for a YouTube-encoded video. For each quality metric, the

results of a middle track (480p) are shown in the figure. We observe that, while Q1 to

Q4 chunks have increasing sizes (in bits), they have decreasing quality. In addition, the

quality gap between Q4 and Q1–Q3 chunks is particularly large, despite that Q4 chunks

have the most bits. This is because it is challenging to encode complex scenes to have

the same quality of simple scenes. We make similar observations for videos encoded

using FFmpeg and H.265 encoded videos (figures omitted).

3.3.2 Implications for Rate Adaptation

As described above, we have identified two important characteristics of VBR encoding:

(1) the relative size of a chunk (relative to the other chunks in the same track) is a good

indication of the scene complexity, and (2) complex scenes, despite being encoded with

more bits, have inferior qualities compared to other scenes in the same track, across
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a range of quality metrics. They both have important implications on rate adaption

during VBR streaming process.

In particular, the second observation is opposite to what one would like to achieve

during playback, where having higher quality for complex scenes is more important [27].

It indicates that complex scenes need to receive differential treatment to achieve a

higher quality,

which requires (i) inferring the scene complexity, and (ii) carefully designing

ABR streaming algorithms. The first requirement can be achieved based on our first

observation, by using chunk sizes to infer scene complexity. It has two advantages

compared to using those based on video content (e.g., SI and TI). First, it is simple to

compute. Second, chunk sizes are already known at the client in current dominant ABR

standards1.

Achieving the second requirement is very challenging.

Given that complex scenes are already encoded with more bits than other scenes

in the same track, choosing higher tracks for complex scenes indicates that a significant

amount of network bandwidth needs to be allocated to stream complex scenes, which

may come at the cost of lower tracks for simple scenes. We therefore need to design

ABR streaming schemes to judiciously use network bandwidth, favoring Q4 chunks

while not degrading the quality of other chunks too drastically (§3.4, §3.5).

3.3.3 VBR with Larger Cap

In this chapter, we mainly use 2× capped VBR videos. The bitrate cap, while limits

the amount of bitrate variability and makes it easier to stream VBR videos over the

Internet, also limits the quality of the videos, particularly for complex scenes. The

recommendation on VBR encoding has been evolving. The original recommendation

was to set the cap to 1.1× [3], and has now evolved to 2× [38]. It is conceivable that

1 Chunk size information is included in the manifest file sent from server to client in DASH, and more

recently HLS has added this feature [24].
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the cap will be even larger in the future. For this reason, we further encode one of the

publicly available videos to be 4× capped.

We observe that the characteristics described in §3.3 still hold for this video.

Specifically, Q4 chunks, even under 4× cap, are still of significantly lower quality than

other chunks.

As an example, for the middle track (480p), the median VMAF value (phone

model) for the Q4 chunks is 79, significantly lower than the values of 88, 88, and 85

for Q1 to Q3 chunks. This might be because it is inherently very difficult to encode

complex scenes to reach the same quality as simple scenes [71]. Therefore, for VBR

videos of larger caps, we still need to incorporate these characteristics when designing

ABR schemes (§3.6.6).

3.4 Design Principles

We believe that a good rate adaptation scheme for VBR videos must (i) take the per-

chunk bitrate information into consideration (also suggested by [24]), which is available

to the clients in dominant ABR standards (see §3.3.2), and (ii) use per-chunk bitrate

information properly, by incorporating the characteristics of VBR videos. We next

propose three design principles for VBR video rate adaptation.

Be Non-myopic (P1). This requires considering not only the bitrate of the im-

mediate next chunk, but also the bitrate of multiple future chunks. A myopic scheme

only considers the bitrate of the immediate next chunk, leading to level selections that

only match the current resource (in terms of network bandwidth or player buffer level).

As a result, a myopic scheme oftentimes mechanically selects very high (low) levels

for chunks with small (large) sizes – exactly the opposite to what is desirable for VBR

videos (§3.3). We illustrate this using two myopic schemes: (i) BBA-1 [14], a buffer-

based scheme, and (ii) a rate-based scheme [28], referred to as RBA henceforth. Both

schemes are myopic: when selecting the track for the next chunk, BBA-1 selects the

highest track based on a chunk map, which defines the allowed chunk sizes as a range
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Fig. 3.4: Two myopic schemes and CAVA.

from the average chunk size of the lowest track to that of the highest track; RBA se-

lects the highest track so that after downloading the corresponding chunk, the player

buffer will still contain at least four chunks, where the downloading time of a chunk is

obtained as its size divided by the estimated network bandwidth. Fig. 3.4 shows an ex-

ample that illustrates the performance of BBA-1 and RBA (the top two plots), where the

shaded bars mark the playback positions of Q4 chunks. We observe that indeed BBA-1

and RBA tend to lead to low qualities for Q4 chunks (recall that these tend to corre-

spond to complex scenes) and high qualities for Q1-Q3 chunks (with simpler scenes).

For comparison, we also plot our scheme CAVA (to be described in §3.5) in Fig. 3.4.

In this example, for BBA-1 and RBA, the average VMAF quality of Q4 chunks is 49

and 52, and the amount of rebuffering is 6s and 4s, respectively; both are significantly

worse than our scheme CAVA, under which the average VMAF quality of Q4 chunks

is 65 with no rebuffering.

Offer Differential Treatment (P2). This principle favors more complex scenes
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by explicitly accounting for the chunk size and quality characteristics of VBR videos

(§3.3.2). The differential treatment can be achieved by using resources saved from sim-

ple scenes for complex scenes. While this suggests potentially lower quality for simple

scenes, a good VBR rate adaptation scheme needs to achieve a balance: improve the

quality of complex scenes while not degrading too much the quality of simple scenes.

This principle is particularly important when complex scenes have lower quality than

simple scenes in the same track, as we have observed in §3.3.1, since in this case, it is

preferable to choose a higher track for complex scenes to achieve comparable quality

as simple scenes. Even in an ideal VBR encoding, where complex scenes have similar

quality as simple scenes in the same track, this principle is still important, since com-

plex scenes, being of larger sizes, naturally need more resources than simple scenes

in the same track. Offering differential treatment thus helps the VBR algorithm make

judicious rate adaptation decisions when the network bandwidth is limited.

Be Proactive (P3). Since VBR videos have high bitrate variability and the

size/bitrate of future chunks is known beforehand, it is desirable to account for the vari-

ability proactively. This is especially true for complex scenes corresponding to large

chunks. Suppose when making a decision at time t, the player notices that consecutive

positions after t contain complex scenes. If the playback buffer is low and the network

bandwidth is low, then rebuffering will inevitably occur. Fortunately, with the known

chunk size information, the rate adaptation algorithm can, instead, react to the cluster of

large chunks early—before time t instead of right at t—by, for example, pre-adjusting

the target buffer level for buffer-related approaches.

Discussion. Several existing schemes [13, 27, 56] use a window-based approach

that considers multiple future chunks in bitrate adaptation, which differs from our non-

myopic principle that is motivated specifically by the dynamic chunk bitrates/sizes of

VBR videos (§3.5.3). Note that P1 and P3 share in common that they both require

considering future chunks. But they differ mainly in the timescale: the non-myopic

principle considers a small number of future chunks to account for the variability of
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VBR videos in the short timescale, in order to facilitate the current decision; the proac-

tive principle, on the other hand, considers chunks further away in future to benefit

future decisions in a proactive manner.

3.5 CAVA Design and Implementation

We now instantiate the three principles (§3.4) and design a control-theoretic rate adap-

tation scheme, CAVA, for VBR streaming. The reason for adopting a control-theoretic

approach is because it has shown promise in adapting to dynamic network bandwidth [13,

56]. The design of CAVA is compatible with the current dominant ABR standards

(DASH and HLS), and can be readily used in practice.

3.5.1 Overview of CAVA

We design CAVA to address both chunk size variability, an inherent feature of VBR

videos, and quality variability in VBR videos, a characteristic that we identified in

today’s VBR encodings (§3.3.1). Even under an ideal VBR encoding where complex

scenes have similar quality as other scenes in the same track, CAVA still has its value

in addressing the inherent chunk size variability of VBR videos.

Fig. 3.5 shows the design diagram for CAVA, which builds on the basic feedback
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control framework [56]. CAVA introduces significant innovations by (i) generalizing

the control framework from plain CBR to VBR, (ii) designing an inner controller that

reacts in short timescale, and incorporates the non-myopic and differential treatment

principles, and (iii) designing an outer controller that reacts over a longer timescale,

and incorporates the proactive principle.

The control framework uses PID control [45], a widely used feedback control

technique. The reason for using PID control is its good performance and robust-

ness [56]. As shown in Fig. 3.5, CAVA consists of two controllers that work in synergy

to realize the aforementioned three principles.

• The inner controller is responsible for selecting the appropriate track level. It employs

a PID feedback control block that maintains the target buffer level by properly adjusting

the control signals (§3.5.2). Then based on the controller’s output, together with the

estimated bandwidth and a short-term average of future chunks’ bitrate, CAVA invokes

an optimization algorithm that incorporates non-myopic (P1) and differential treatment

(P2) principles to perform VBR-aware track level selection (§3.5.3).

• The outer controller’s job is to determine the target buffer level that is used by the

inner controller. When doing so, CAVA exercises proactive principle (P3) to adjust the

target buffer level proactively based on dynamics of future chunks (§3.5.4).

3.5.2 PID Feedback Control Block

The PID feedback control continuously monitors an “error value”, i.e., the difference

between the target and current buffer levels of the player, and adjusts the control signal

to maintain the target buffer level. To account for the characteristics of VBR videos,

it considers per-chunk size information and uses a dynamic target buffer level. This

differs from the PID controller design for CBR [56], which uses a fixed target buffer

level and a fixed average bitrate for each track.

Specifically, let Ct denote the network bandwidth at time t. Let `t denote the

track number selected at time t, with the corresponding bitrate of the chunk denoted as
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Rt(`t). We use Rt(`t) instead of R(`t) to reflect that it is a function of time t since for

VBR videos, the bitrate varies significantly even inside a track. The controller output,

ut, is defined as

ut =
Ct

Rt(`t)
, (3.1)

which is a unitless quantity representing the relative buffer filling rate. The control

policy is defined as

ut = Kp(xr(t) − xt) + Ki

∫ t

0
(xr(t) − xτ)dτ + 1(xt − ∆) (3.2)

where Kp and Ki denote respectively the parameters for proportional and integral con-

trol (two key parameters in PID control), xt and xr(t) denote respectively the current

and target buffer level at time t (both in seconds), ∆ denotes the playback duration of a

chunk, and the last term, 1(xt − ∆), is an indicator function (it is 1 when xt ≥ ∆ and 0

otherwise), which makes the feedback control system linear, and hence easier to control

and analyze. The target buffer level is dynamic, set by the outer controller (§3.5.4).

3.5.3 The Inner Controller

The inner controller determines `t, the track at time t. Based on the definition in Eq.

(3.1), once the controller output ut is determined using Eq. (3.2), we can simply de-

termine `t so that the corresponding bitrate Rt(`t) is the maximum bitrate that is be-

low Ĉt/ut, where Ĉt is the estimated network bandwidth at time t. This approach is,
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however, myopic (only considering the next chunk), and is thus undesirable for VBR

videos.

We next formulate an optimization problem that accounts for both the non-myopic

and differential treatment principles (§3.4) to determine `t. Fig. 3.6(a) illustrates the ap-

proach. Suppose at time t, we need to select the track number for chunk i. Following

the non-myopic principle (P1), we consider a window of W chunks, from i to i + W −1,

and use the average bitrate of these W chunks to represent the bandwidth requirement

of chunk i. This is handled by the “Short-term Statistical Filter” in Fig. 3.5. Using the

average bitrate of W chunks (instead of the bitrate of chunk i) leads to smoother band-

width requirement from the chunks, avoiding mechanically choosing very high (low)

levels for chunks with small (large) bitrates.

To provide differential treatment (P2) to chunks with different complexities, we

assume either inflated or deflated network bandwidth, depending on whether chunk i

contains complex or simple scenes. For complex scenes, we assume inflated network

bandwidth, allowing a higher track to be chosen, while for simple scenes, we assume

deflated bandwidth so as to save bandwidth for complex scenes. The track selection

algorithm maximizes the quality level to match the assumed network bandwidth, while

minimizing the number of quality level changes between two adjacent chunks. In the

example in Fig. 3.6(a), chunk i is a Q4 chunk, and hence we assume inflated bandwidth,

which allows a higher level track to be selected.

Optimization Formulation. We next describe our optimization formulation. Our cur-

rent design uses track level to approximate the quality since this is currently the only

available quality information in predominant ABR standards; using such information

only allows CAVA to be easily deployable. In our performance evaluation (§3.6), we

use a perceptual quality metric (VMAF) to evaluate CAVA, and show that it achieves

good perceptual quality although the formulation does not explicitly use a perceptual

quality metric.

The optimization aims to minimize a weighted sum of two penalty terms: the
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first term represents the deviation of the selected bitrate from the estimated network

bandwidth, and the second term represents the track change relative to the previous

chunk. Other formulations might also be possible; our empirical results show that this

formulation works well in practice. Specifically, we aim to minimize

Q(`t) =

t+N−1∑
k=t

(
ukR̄t(`t) − αtĈk

)2
+ ηt (r(`t) − r(`t−1))2 , (3.3)

where uk and Ĉk are respectively the controller output and the estimated link bandwidth

for the k-th chunk, ηt ≥ 0 is a parameter that represents the weight of the second term,

R̄t(`t) is the average bitrate over a window of W chunks (according to P1), from t to

t + W, at track `t (here we slightly abuse the notation to use t to represent the chunk

index for time t), and r(`) denotes the average bitrate of track `.

Penalty on deviation from estimated bandwidth. The first term in Eq. (3.3)

represents the penalty based on how much the required bandwidth deviates from the

estimated network bandwidth. Specifically, minimizing this penalty term aims at se-

lecting the largest `t (and hence the highest quality) so that the difference between the

required bandwidth, ukR̄t(`t), and the assumed bandwidth, αtĈk, is minimized (αt is a

factor that deflates or inflates the estimated bandwidth; see details later on). Following

the non-myopic principle (P1), we use R̄t(`t) (instead of Rt(`t)), which is the average

bitrate of W future chunks, to represent the bandwidth requirement of chunk t. We refer

to W as the inner controller window size and explore its configuration in §3.6.2.

When operating online, CAVA only has a limited view towards future network

conditions. Therefore, the penalty term on deviation from estimated bandwidth consid-

ers the bandwidth needed to download a finite horizon of N future chunks. We assume

that these N chunks are all from the same track, `t, to reduce the number of quality level

changes. In the rest of the chapter, we set N to 5 chunks, a relatively short horizon to

accommodate network bandwidth dynamics.

Note that several existing schemes [13, 27, 56] also examine a finite horizon of

chunks in their online algorithms (controlled by N in CAVA). But none of them utilizes
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concepts like our non-myopic principle in computing the bandwidth requirement from

multiple future chunks (controlled by W in CAVA), whose sizes may vary significantly

in VBR, for rate adaptation.

Penalty on track change. The second term in Eq. (3.3) represents the penalty

on track change. Specifically, minimizing the second term aims at selecting `t so that

its difference from `t−1, i.e., the track of the previous chunk, is minimized. We consider

two categories of chunks, Q4 and non-Q4 chunks when setting ηt, a weight factor. If the

current and previous chunks fall in different categories, we set ηt to 0; otherwise we set

ηt to 1 (so as to give equal weight to the two terms in Eq. (3.3) since both are important

for QoE). That is, we do not penalize quality change if two consecutive chunk positions

are in different categories (and hence of different importance in viewing quality).

Recall that r(`) denotes the average bitrate of track `. The penalty term on track

change uses r(`t) − r(`t−1), instead of `t − `t−1 or Rt(`t) − Rt(`t−1). This is because

r(`t) − r(`t−1) reflects track change, and yet is in the unit of bitrate, which is the same

as that of the first term in Eq. (3.3). The expression `t − `t−1 represents track change

directly, whose unit is however different from that of the first term in Eq. (3.3); the

expression Rt(`t) − Rt(`t−1) represents bitrate change on a per chunk level, which is

not meaningful for VBR videos since even chunks in the same track can have highly

dynamic bitrate.

Deflating/inflating network bandwidth estimate. In Eq. (3.3), αtĈk represents

the assumed network bandwidth for chunk k. As mentioned earlier, according to dif-

ferential treatment principle (P2), we set αt > 1 for complex scenes to inflate the band-

width, and set αt < 1 for simple scenes to deflate the bandwidth. Determining the value

of αt presents a tradeoff: a large value for complex scenes can lead to higher quality

level, at the cost of potential stalls; similarly, a small αt value for simple scenes, while

can save bandwidth and eventually benefit complex scenes, may degrade the quality of

simple scenes too much. We have varied αt for complex scenes from 1.1 to 1.5, and

varied αt for simple scenes from 0.6 to 0.9. In the rest of the chapter, we set αt = 1.1
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for Q4 chunks and αt = 0.8 for Q1-Q3 chunks, which lead to a good tradeoff observed

empirically.

In addition, we use the following heuristic for Q1-Q3 chunks: if the current

chunk is a Q1-Q3 chunk and the selected level is very low (i.e., level 1 or 2) under

the above strategy, while the buffer level is above a threshold (chosen as 10 seconds in

§3.6) indicating low risk of stalls, we do not deflate network bandwidth, and instead

use αt = 1. This heuristic avoids choosing unnecessarily low levels for Q1-Q3 chunks.

Similarly, we can use a heuristic for Q4 chunks: if the current chunk is a Q4 chunk and

the buffer level is below a threshold indicating high risk of stalls, we can also set αt to

1 (i.e., do not inflate network bandwidth). This heuristic can lead to lower stalls at the

cost of potentially reducing the quality of Q4 chunks. Our evaluations show that in the

settings that we explore, the number of stalls in CAVA is already very low even without

using this heuristic. Therefore, in §3.6, we only report the results when this heuristic is

disabled.

Time complexity. Let L be the set of all track levels. The optimal track is

`∗t = arg min
`t∈L

Q(`t). (3.4)

We can find `∗t easily by evaluating (3.3) using all possible values of `t ∈ L, and se-

lecting the value that minimizes the objective function. For every `t ∈ L, obtaining

Q(`t) requires computation of N steps. Therefore, the total computational overhead of

solving (3.4) is O(N |L|).

3.5.4 The Outer Controller

When using the inner controller alone, we observe that rebuffering sometimes happens

when the network bandwidth is very low and the buffer level is also low (due to rela-

tively large chunks downloaded earlier). While the inner controller reacts by selecting

the track with the lowest bitrate, the reaction appears to be too late. To deal with such

cases, we incorporate the proactive principle (P3) by adopting the concept of preview

control from control theory [72] to adjust the target buffer level proactively.
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Fig. 3.6(b) illustrates our approach. The target buffer level is set to the base

target buffer level, added by a term that is determined by future chunk size variability.

Specifically, when there are large chunks in the future, and hence a higher chance of

longer downloading time and slower buffer filling rate that can lead to buffer underrun,

the target buffer level is adjusted to a higher level to react proactively (handled by

the “Long-term Statistical Filter” in Fig. 3.5), as illustrated in the region around t in

Fig. 3.6(b). This adjustment will reduce rebuffering because the controller aims to

reach a higher target buffer level.

Specifically, let xr denote a base target buffer level (we set it to 60 seconds in

§3.6; setting it to 40 seconds leads to similar results). The target buffer level at time t,

xr(t), is set to be xr added by a term that accounts for the future chunk size variability.

We use a track ˜̀ (e.g., a middle track) as the reference track. If the average size of

the future chunks in that track is above the mean value of that track, we proactively

increase the target buffer level as:

xr(t) = xr + max
Σt+W′

k=t Rk( ˜̀)∆ − r( ˜̀)W ′∆

r( ˜̀)
, 0

 , (3.5)

where W ′ is referred to as outer controller window size that represents how much to look

ahead, ∆ is the chunk duration, r( ˜̀) is the average bitrate of the reference track ˜̀, and

Rt( ˜̀) represents the bitrate of the chunk at time t (again we slightly abuse the notation

to use t to represent chunk index). In the second term in Eq. (3.5), the numerator

represents how much (in bits) the sum of the next W ′ chunks deviates from the average

value; dividing the numerator by r( ˜̀) converts the unit of the deviation to seconds,

compatible with how we represent buffer level. To avoid pathological scenarios where

xr(t) becomes too large, we limit its value to 2xr, which is chosen empirically. The

choice of W ′ is explored in §3.6.2.

3.5.5 Implementation

We have implemented CAVA in dash.js, a production quality open-source web-based

DASH video player [53] (version v2.7.0). Under the dash.js framework, we imple-
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mented a new ABR streaming rule CAVARule.js (consisting of 520 LoC) to realize

CAVA. In addition, the interface of dash.js only exposes limited information includ-

ing the track format, buffer occupancy level, bandwidth estimation, and declared bitrate.

The segment size information, however, is not accessible by default. We therefore add a

new LoadSegmentSize class to expose such information to the ABR logic. We further

develop a bandwidth estimation module that responds to playback progress events to

estimate throughput using a harmonic mean of the past 5 chunks.

3.6 Performance Evaluation

We explore CAVA and its parameter settings across a broad spectrum of real-world sce-

narios (covering both LTE and broadband), using 16 video clips (§3.2). Each video is

around 10 minutes long. The length is much longer than network RTT and the timescale

of ABR rate adaptation. In addition, it allows the player to go beyond the start-up phase,

allowing us to understand both start-up and longer-term behaviors. These videos cover

different content genres (i.e., animation, science fiction, sports, animal, nature and ac-

tion), track encodings (Youtube and FFmpeg [55]), codecs (H.264 [31] and H.265 [32]),

and chunk durations (2 and 5 seconds).

3.6.1 Evaluation Setup

To ensure repeatable experimentations and evaluate different schemes under identical

settings, we use real-world network trace-driven replay experiments. To make the large

state space exploration scalable and tractable, we use both trace-driven simulations, and

experiments with our prototype implementation in dash.js.

We use two sets of network traces. The first set, LTE, contains 200 cellular

network traces we captured in commercial LTE networks with a collaborator driving

coast-to-coast across the US. The LTE traces were represented as per-second network

throughput, recorded when downloading a large file from a well-provisioned server to a

mobile phone. The second set, FCC, contains 200 broadband traces, randomly chosen
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from the set of traces collected by the FCC [73], represented as per-5 second network

throughput. Each trace contains at least 18 minutes of bandwidth measurements.

ABR logic operates at the application level, using application-level estimation of

the network bandwidth (based on the throughput for recently downloaded chunks) as

part of the decision process to determine the quality of the next chunk to download [14,

24, 34]. The impact of lower level network characteristics such as signal strength,

loss, and RTT on ABR adaptation behavior is reflected through their impact on the

network throughput. Therefore, our evaluation is through replaying the network traces

that capture the network bandwidth variability over time.

ABR Schemes. We compare CAVA with the following state-of-the-art rate adap-

tation schemes:

• MPC and RobustMPC [13], which are based on model predictive control. Ro-

bustMPC is shown to outperform MPC under more dynamic network bandwidth set-

tings [35].

• PANDA/CQ [27], which incorporates video quality information to optimize the per-

formance of ABR streaming using dynamic programming. Specifically, it considers a

window of N future chunks while making decisions. We investigate two variants, (i)

max-sum that maximizes the sum of the quality of the next N chunks, and (ii) max-min

that maximizes the minimum quality of the next N chunks.

• BOLA-E [37], which selects the bitrate to maximize a utility function considering

both rebuffering and delivered bitrate. It is an improved version of BOLA [11].

• BBA-1 [14] and RBA [28]. Both are myopic schemes (§3.4). Through extensive

evaluation, we find that, consistent with the example in §3.4, CAVA significantly out-

performs these two schemes in all cases. In the interest of space, we omit the results

for these two schemes.

Since our focus is VBR-encoded videos, following the recommendation of each

scheme described above, we use the actual size of a video chunk in making rate adap-

tation decisions. Note that, of all the schemes, only PANDA/CQ relies on using video
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quality information. Such information, however, is not available in the dominant ABR

protocols used today (i.e., HLS and DASH), limiting the practical applicability and

deployability of such a scheme. Still, using video quality information as part of the

adaptation decision process can be potentially valuable, and for that reason, we include

PANDA/CQ in our evaluations. As we shall see later in §3.6.3, while CAVA does not

use such video quality information and relies only on information available in ABR

streaming protocols, it still outperforms PANDA/CQ. Learning based approaches such

as [35] require extensive training on a large corpus of data, and are not included for

comparison since our focus is on pure client-side based schemes that are more easily

deployable.

ABR Configurations. An important parameter in all schemes is the playback

startup latency, i.e., the minimum number of seconds worth of video data that needs

to be downloaded before the client begins playback. We explore a range of values for

this parameter, guided by commercial production players [24], and report results for

one setting – 10 seconds (results for other practical settings were similar). A startup

delay of 10 seconds corresponds to having two chunks in the buffer for chunk length

of 5 seconds (as the case for YouTube videos), consistent with the recommendation of

having at least two to three chunks before starting playback [24]. Another important

factor is the network bandwidth estimation technique used by the ABR logic. For a fair

comparison, for all the schemes that need bandwidth estimation, we use the harmonic

mean of the past 5 chunks as the bandwidth prediction approach, as the technique has

been shown to be robust to measurement outliers [13, 34]. We evaluate the impact of

inaccurate bandwidth estimation on performance in §3.6.7. Unless otherwise stated,

the maximum buffer size is set to 100 seconds for all the schemes for apple-to-apple

comparison. The client does not download the next chunk when the maximum buffer

size is reached.

For CAVA, the base target buffer level, xr, is set to 60 seconds. The controller

parameters, Kp and Ki, are selected adopting the methodology outlined in [56]. Specif-
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ically, we varied Kp and Ki, and confirmed that, similar to [56], a wide range of Kp and

Ki values lead to good performance.

Performance Metrics. We use five metrics: four for measuring different as-

pects of user QoE and one for measuring resource efficiency, i.e., network data us-

age. All metrics are computed with respect to the delivered video, i.e., considering the

chunks that have been downloaded and played back. We measure the video quality

using VMAF (a recently proposed perceptual quality metric from Netflix, see §3.3.1).

Specifically, we use the VMAF phone model (covers typical smartphone viewing set-

tings) for the evaluations with the cellular traces, and the VMAF TV model (covers typ-

ical larger screen TV viewing settings) for the evaluations with the FCC traces, based

on the typical device types and viewing conditions prevalent in cellular and home net-

works, respectively.

The performance metrics are (i) quality of Q4 chunks: captures the video quality

for the most complex scenes. (ii) low-quality chunk percentage: among all the chunks

played back in a given streaming session, this measures the proportion of chunks that

were selected with low video quality. For the experiments, we identify VMAF values

below 40 (representing poor or unacceptable quality [66]) as low quality. (iii) rebuffer-

ing duration: measures the total rebuffering/stall time in a video session. (iv) average

quality change per chunk: is defined as the average quality difference of two consec-

utive chunks in playback order (since human eyes are more sensitive to level changes

in adjacent chunks) for a session, i.e.,
∑

i |qi+1 − qi|/n, where qi denotes the quality of

ith chunk (in terms of playback order), and n is the number of chunks. (v) data usage:

captures the total amount of data downloaded (i.e., the total network resource usage)

for a session. While comparing two schemes, for each of the last 4 metrics, a lower

value is preferable; the only exception is the first metric (quality of Q4 chunks), where

a higher value is preferable.

In the above performance metrics, we use perceptual quality metrics since they

quantify the viewing quality more accurately compared to bitrate that is commonly
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Fig. 3.7: Impact of inner controller window size.

used in the literature. As an example, the average bitrate of the delivered video, which

is commonly used to quantify the quality of a streaming session, is an especially poor

metric for VBR videos. To see this, consider two cases with the same average bitrate. In

the first case, the lowest track is selected for Q4 chunks, while higher tracks are selected

for Q1-Q3 chunks; in the second case, a medium track is selected for Q4 chunks, while

low or medium tracks are selected for Q1-Q3 chunks. These two cases clearly lead to

different viewing quality, while will be classified as being the same quality based on

the average bitrate. In addition, we use metrics to capture both the average and tail

behaviors. Specifically, the percentage of low quality chunks is an important metric on

tail behavior since it has been reported that human eyes are particularly sensitive to bad

quality chunks [70].

3.6.2 Choice of Parameters for CAVA

Inner controller window size. Recall that the inner controller in CAVA uses the aver-

age bitrate over a window of W future chunks to represent the bandwidth requirement

of the current chunk. We investigate the impact of W on the performance of CAVA.

Fig. 3.7 shows an example (Elephant Dream, FFmpeg encoded, H.264, LTE traces); the

solid lines represent the average values, and the top and bottom of the shaded region

represent the 90th and 10th percentile across the network traces, respectively. When in-
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Fig. 3.8: Performance comparison for one video (Elephant Dream, FFmpeg encoded,

H.264) under LTE traces.

creasing W, (i) the quality of the Q4 chunks first improves significantly and then flattens

out, and (ii) the amount of rebuffering increases slightly and then sharply. Increasing

W at the beginning is beneficial because even averaging over a few chunks can smooth

out the bitrate of the chunks, which allows higher levels to be chosen for Q4 chunks

(since the smoothed bitrate for a Q4 chunk tends to be lower than its actual bitrate). The

impact on smoothing the bitrate diminishes after W becomes sufficiently large, leading

to diminishing gains for Q4 chunks. The increase in rebuffering when W is large is

because CAVA becomes less sensitive to the bitrate changes in that case. We set W to

40 seconds (i.e., 20 and 8 chunks for 2 and 5 seconds chunk durations, respectively) as

this leads to a good tradeoff between quality and rebuffering.

Outer controller window size. The outer controller in CAVA uses a window of W ′

future chunks to adjust the target buffer level. We vary W ′ to explore its impact. In

general, the amount of rebuffering decreases as W ′ increases since the controller reacts

more proactively with larger W ′. For some videos, however, the amount of rebuffer-

ing may start to increase as W ′ increases further. This is because using very large W ′

smoothes out the effect of the variability of the video (i.e., the average bitrate of the

future W ′ chunks becomes closer to the average bitrate of the track, causing little incre-
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ment in the target buffer level as shown in Eq. (3.5)). We set W ′ to 200 seconds (i.e.,

100 and 40 chunks for 2 and 5 seconds chunk durations, respectively), which leads to

good results in reducing rebuffering.

3.6.3 Comparison with Other Schemes

We compare CAVA with other ABR schemes using all the videos under both LTE

and FCC traces (the comparison with BOLA-E is deferred to §3.6.8). Fig. 3.8(a)-

(e) compare the performance of CAVA with other schemes for one FFmpeg encoded

video under the LTE traces. Our results below focus on CAVA versus RobustMPC and

PANDA/CQ max-min; MPC can have significantly more rebuffering than RobustMPC,

and PANDA/CQ max-sum can have significantly lower quality for Q4 chunks than

PANDA/CQ max-min. We observe that CAVA significantly outperforms RobustMPC

and PANDA/CQ max-min. (i) With CAVA, a much larger proportion (79%) of the Q4

chunks are delivered at a quality higher than 60 (considered as good quality [66]), com-

pared to only 59% and 57% for RobustMPC and PANDA/CQ max-min, respectively.

The median VMAF value across Q4 chunks is 78 under CAVA, 11 and 12 larger than

the corresponding values for RobustMPC and PANDA/CQ max-min, respectively, indi-

cating noticeable perceptual improvements (It has been reported that a difference of 6 or

more in VMAF would be noticeable to a viewer [74]). (ii) For the percentage of low-

quality chunks, under CAVA, 40% of the traces have no low-quality chunks (VMAF

score ¡ 40); and 82% of the traces have less than 10% low-quality chunks, significantly

larger than the corresponding values 65% and 40% for RobustMPC and PANDA/CQ

max-min, respectively. (iii) CAVA has no rebuffering for 85% of the traces, compared to

only 20% and 68% of traces under RobustMPC and PANDA/CQ max-min, respectively.

(iv) For average quality change per chunk, CAVA realizes substantially lower changes

than the other schemes (on average, 67% and 29% of the values of RobustMPC and

PANDA/CQ max-min, respectively), resulting in less variability in playback quality,

and therefore more consistent and smoother playback experience. (v) CAVA has 5% to
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40% lower data usage than RobustMPC. PANDA/CQ max-min has slightly lower data

usage than CAVA (10% at most), at the cost of lower Q4 quality and overall quality (see

below). Figures 3.9(a) and (b) show the quality of Q1-Q3 chunks and all the chunks,

respectively. We observe that while CAVA does not lead to very high quality for Q1-Q3

chunks, it does not choose low quality for these chunks either. Overall, CAVA leads to

a desired tradeoff in choosing less low-quality chunks compared to other schemes.
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Fig. 3.9: Quality of Q1-Q3 chunks and all the chunks.

The above results are for one FFmpeg video under LTE traces. Table 3.1 shows

the results for several YouTube videos under both LTE and FCC traces. For Q4 chunk

quality, we show two values: the metric value (averaged over all the runs) obtained by

CAVA subtracted by that of RobustMPC and PANDA/CQ max-min, respectively. For

each of the other four performance metrics, we show two percentage values, (i) the

difference in the metric value (averaged over all runs) for CAVA subtracted by that for

RobustMPC, as a percentage of the latter value, and (ii) the corresponding value for

CAVA vs. PANDA/CQ max-min. In Table 3.1, ↑ indicates that CAVA has a higher

value; while ↓ indicates that CAVA has a lower value. The first part of Table 3.1 shows

the results under LTE traces. We observe that CAVA leads to average quality improve-

ment for Q4 chunks in the range of 8-18 VMAF points compared to RobustMPC, and

3-9 VMAF points compared to PANDA/CQ max-min. Also CAVA substantially re-

duces the average stall/rebuffering duration by 62%-95%, reduces the quality change

per chunk by 25%-48%, and reduces the percentage of low-quality chunks by 4%-61%.
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Table 3.1: Performance comparison (YouTube videos).

Video

Q4

chunk

quality

Low-qual.

chunks

(%)

Stall

duration

(%)

Quality

changes

(%)

Data

usage

(%)
LT

E

BBB ↑13, ↑4 ↓61, ↓31 ↓62, ↓64 ↓48, ↓37 ↓11, ↓5

ED ↑10, ↑4 ↓54, ↓37 ↓73, ↓77 ↓38, ↓36 ↓9, ↓4

Sintel ↑8, ↑4 ↓75, ↓42 ↓83, ↓77 ↓37, ↓32 ↓8, ↓3

ToS ↑9, ↑6 ↓72, ↓55 ↓84, ↓81 ↓39, ↓40 ↓9, ↓3

Animal ↑15, ↑3 ↓4, ↓7 ↓83, ↓95 ↓43, ↓38 ↓11, ↓10

Nature ↑10, ↑3 ↓17, ↓11 ↓80, ↓97 ↓40, ↓41 ↓7, ↓10

Sports ↑18, ↑9 ↓30, ↓2 ↓83, ↓83 ↓35, ↓31 ↓8, ↓2

Action ↑14, ↑6 ↓49, ↓27 ↓79, ↓74 ↓38, ↓25 ↓8, ↓3

FC
C

BBB ↑11, ↑4 ↓70, ↓28 ↓26, ↓51 ↓48, ↓32 ↓8, ↓4

ED ↑8, ↑3 ↓33, ↓11 ↓79, ↓34 ↓36, ↓31 ↓7, ↓2

Sintel ↑7, ↑4 ↓87, ↓70 ↓94, ↓85 ↓35, ↓26 ↓6, ↓2

ToS ↑6, ↑6 ↓69, ↓62 ↓90, ↓6 ↓40, ↓38 ↓7, ↓1

↑ better ↓ better ↓ better ↓ better ↓ better

* The two numbers in each cell represents the changes by CAVA

relative to RobustMPC and PANDA/CQ max-min, respectively.

Last, the data usage of CAVA is 7%-11% lower than RobustMPC, and 2%-10% lower

than PANDA/CQ max-min.

The second part of Table 3.1 shows the results for FCC traces. Compared to the

LTE trace results, the rebuffering for all the schemes becomes lower due to smoother

network bandwidth profiles; CAVA still leads to lower rebuffering and better perfor-

mance in all the performance metrics.

3.6.4 Impact of CAVA Design Principles

Recall CAVA incorporates three key design principles (§3.4). In the following, we in-

vestigate the contribution of each principle to the performance of CAVA. As detailed in
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§3.4, the first (i.e., non-myopic) principle is used in the inner controller of CAVA: it uses

the average bitrate of multiple future chunks to represent the bandwidth requirement of

the current chunk when deciding the track level for the current chunk. The second (i.e.,

differential treatment) principle favors Q4 chunks over Q1-Q3 chunks. The third (i.e.,

proactive) principle is used in the outer controller: it considers long-term future (within

tens of chunks) and increases the target buffer level to be prepared for incoming large

chunks in the future. Of the three principles, the first principle is the basic principle,

while the other two principles are used on top of the basic principle. In the following,

we consider three variants of CAVA, referred to as CAVA-p1, CAVA-p12 and CAVA-

p123, which includes the first principle, the first two principles, and all three principles,

respectively.

Our evaluation confirms that the three principles indeed successfully play their

individual roles. Specifically, CAVA-p1 already leads to fast responses to dynamic net-

work bandwidths, consistent playback quality and low rebuffering; CAVA-p12 leads to

higher Q4 chunk quality, while CAVA-p123 leads to lower rebuffering. Fig. 3.10 shows

an example for one video (ED, FFmpeg encoded, H.264) under LTE traces. Fig. 3.10(a)

plots the Q4 chunk quality under the two variants with the differential treatment prin-

ciple (i.e., CAVA-p12 and CAVA-p123) relative to CAVA-p1. Specifically, it shows

the distribution of the metric value under CAVA-p12 and CAVA-p123 minus the value

under CAVA-p1 across all runs. We observe that for around 40% of the Q4 chunks,

CAVA-p12 and CAVA-p123 lead to higher Q4 chunk quality. For only around 5% of

the Q4 chunks, the quality under CAVA-p12 and CAVA-p123 is lower than CAVA-p1.

Fig. 3.10(b) shows the total rebuffering of CAVA-p123 relative to CAVA-p12 for traces

that lead to rebuffering under either of these two variants (35 out of 200 traces fall

into this category). Specifically, it shows the metric value under each variant minus

the value under CAVA-p12. We see that CAVA-p123 leads to lower rebuffering than

CAVA-p12 in 55% of these traces and the reduction is up to 20 seconds.
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Fig. 3.10: Impact of the design principles of CAVA.
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Fig. 3.11: Performance comparison in dash.js (Big Buck Bunny, YouTube encoded,

H.264, LTE traces).

3.6.5 Codec Impact

For each video, the performance of all the schemes under H.265 encoding is better

than that under H.264 encoding (figures omitted). This is due to the significantly lower

bitrate requirement of H.265 encoding. We observe that CAVA also significantly out-

performs all the other schemes under H.265 encoding. Compared to RobustMPC and

PANDA/CQ max-min, on average, Q4 chunk quality under CAVA is 7-12 higher, the

percentage of low-quality chunks is 51%-82% lower, rebuffering is 52%-91% lower,

and average quality change is 27%-72% lower. Also CAVA has similar data usage

compared to other schemes.
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3.6.6 Impact of Higher Bitrate Variability

We further use the 4× capped VBR-encoded video (Elephant Dream FFmpeg encoded,

in H.264) to explore the impact of higher bitrate variability. In this case, we observe

similar trends as the earlier results. For CAVA, the average Q4 chunk quality is 65

across the LTE traces, 8 and 7 larger than RobustMPC and PANDA/CQ max-min, re-

spectively. The average quality change is 42% and 68% lower, the rebuffering is 90%

and 89% lower, and the average percentage of low-quality chunks is 39% and 57%

lower.

3.6.7 Impact of Bandwidth Prediction Error

So far, we have used a particular bandwidth estimation algorithm (harmonic mean of

past 5 chunks) to predict available network bandwidth. We next investigate the im-

pact of bandwidth prediction errors on different schemes in a controlled manner as

follows. We assume the bandwidth prediction error is err. That is, if the actual net-

work bandwidth at time t is Ct, we assume that the predicted network bandwidth is

uniformly randomly distributed in Ct(1 ± err). We vary err from 0 to 50% with a step

of 25%. We observe that CAVA is insensitive to bandwidth prediction errors: the qual-

ity of Q4 chunks, the amount of rebuffering and the percentage of low quality chunks

when err=50% are similar to those when err=0 (i.e., perfect prediction), demonstrating

that CAVA is adaptive and tolerant to relatively significant bandwidth prediction errors

(due to the control-theoretical underpinning). In comparison, MPC leads to signifi-

cantly more rebuffering and data usage when err=50%, compared to those when err=0.

PANDA/CQ max-min leads to noticeably more rebuffering when err is increased from

0 to 50%. The reason why CAVA is resilent to bandwidth estimation errors is because

it is a principled approach based on control theory – it continuously monitors the “er-

rors” in the system, namely the difference between the target and current buffer levels

of the player, and adjusts the control signal to correct “errors” caused by inaccurate

bandwidth estimation.
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3.6.8 DASH Implementation Results

We evaluate CAVA using the dash.js implementation (§3.5.5), and compare its per-

formance with that of BOLA-E [37] implemented in dash.js version 2.7.0, which con-

tains a stable release of BOLA-E. Our evaluations below use two computers (Ubuntu

12.04 LTS, CPU Intel Core 2 Duo, memory 4GB) with a 100 Mbps direct network

connection to emulate the video server (Apache httpd) and client. At the client, we

use Selenium [75] to programmatically run a Google Chrome web browser and use

dash.js APIs to collect the streaming performance data. We use tc [76] to emulate

real-world variable network conditions by programmatically “replaying” the network

traces (§3.6.1).

We find that CAVA is very light-weight – even with the current prototype imple-

mentation, the runtime overhead (from profiling) is only around 56ms for a 10-minute

video.

We compare the performance of CAVA with three versions of BOLA-E. Two

versions are based on the original BOLA-E implementation, which takes a single bitrate

value from each track (i.e., the declared bitrate from the manifest file). Specifically, we

consider BOLA-E (peak), where the declared bitrate for a track is the peak bitrate of the

track, and BOLA-E (avg), where the declared bitrate for a track is the average bitrate

of the track. In the third version, referred to as BOLA-E (seg), we modified the original

BOLA-E implementation to use the actual chunk size for each chunk, as suggested by

the paper [11] for VBR encodings. All the three versions use the default parameters in

BOLA-E. Fig. 3.11 shows the performance of CAVA and the three versions of BOLA-

E for one Youtube video. We observe that CAVA outperforms the three versions of

BOLA-E in having higher Q4 chunk quality, lower percentage of low-quality chunks,

lower rebuffering, and lower quality changes. While the data usage of BOLA-E (all

three variants) is lower than that of CAVA, it comes at the cost of worse performance

in other performance metrics. The lower data usage of BOLA-E could be because it

sometimes pauses before fetching the next chunk under various scenarios. In addition,
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the implementation uses bitrate capping when switching to a higher bitrate to avoid

bitrate oscillations.

Of the three BOLA-E variants, not surprisingly, BOLA-E (peak) is the most con-

servative variant in choosing bitrate, since it uses the peak bitrate of a track as the bitrate

of every chunk in the track, and hence overestimates the bandwidth requirements of the

individual chunks. In comparison, BOLA-E (avg) is the most aggressive, and BOLA-E

(seg) is between BOLA-E (peak) and BOLA-E (avg). We see that for Q1-Q3 chunks,

BOLA-E (seg) can choose even higher tracks than BOLA-E (avg), since BOLA-E (seg)

uses the actual chunk size and can choose higher quality for some small chunks (that

fall into Q1-Q3). We further see that using the actual chunk size in BOLA-E (seg) leads

to more significant quality changes compared to BOLA-E (peak) and BOLA-E (avg).

The above behaviors demonstrate once again that while it is important to consider indi-

vidual chunk sizes to handle ABR streaming of VBR videos, the actual decision logic

needs to be developed with VBR characteristics in mind; simply plugging in the indi-

vidual chunk sizes is insufficient.

Table 3.2 compares the performance of CAVA and BOLA-E (seg) for four YouTube

videos, all under LTE traces. We observe that while the data usage of BOLA-E (seg) is

lower, CAVA outperforms BOLA-E (seg) in all the other metrics: on average, Q4 chunk

quality under CAVA is 10-21 higher, the percentage of low-quality chunks is 73%-87%

lower, rebuffering is 15%-65% lower, and quality changes is 24%-45% lower.

3.7 Related Work

There is a large body of existing work on ABR streaming [9, 11, 12, 13, 14, 18, 27, 28,

34, 35, 56, 77, 78, 79, 80]. Rate-based (e.g., [28, 34, 81]) ABR schemes select bitrate

simply based on network bandwidth estimates. Buffer-based schemes, e.g., BBA [14],

BOLA [11], and BOLA-E [37], select bitrate only based on buffer occupancy. Most

recent schemes combine both rate-based and buffer-based techniques. For instance,

MPC [13] and PIA [56] use control-theoretic approaches to design rate adaptation based
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Table 3.2: CAVA versus BOLA-E in dash.js.

Video

Q4

chunk

quality

Low-qual.

chunks

(%)

Stall

duration

(%)

Quality

changes

(%)

Data

usage

(%)

BBB ↑21 ↓87 ↓65 ↓45 ↑56

ED ↑20 ↓73 ↓15 ↓35 ↑50

Sports ↑10 ↓75 ↓29 ↓40 ↑25

ToS ↑12 ↓76 ↓19 ↓24 ↑45

on both network bandwidth estimates and buffer status. Oboe [18] dynamically adjusts

the parameters of an ABR logic to adapt to various network conditions. Another group

of related studies [16, 35] uses machine learning based approaches, which “learns”

ABR schemes from data.

While content providers have recently begun adopting VBR encoding, their treat-

ment to VBR videos is simplistic (e.g., by simply assuming that the bandwidth require-

ment of a chunk equals to the peak bitrate of the track) [24]. As we have seen in §3.6.8,

such simplistic treatment can lead to poor performance. Of the large number of existing

studies, only a few targeted VBR videos [14, 27, 28]; most others were designed for

and evaluated in the context of CBR encodings. While several schemes in the latter

category can be applied for VBR videos by explicitly incorporating the actual bitrate

of each chunk, they were not designed ground up to account for VBR characteristics,

nor had their performance been evaluated for that case. We evaluate the performance

of schemes from both categories in this chapter (see §3.4 and §3.6), and show that

they can suffer from a large amount of rebuffering and/or significant viewing quality

impairments when used for VBR videos.

Our study differs from all the above works in several important aspects, including

developing insights based on analyzing content complexity, encoding quality, and en-

coding bitrates, identifying general design principles for VBR streaming, and develop-



84

ing a concrete, practical ABR scheme for VBR streaming that significantly outperforms

the state-of-the-art schemes.

3.8 Conclusions and Future Work

Through analyzing a number of VBR-encoded videos from a variety of genres, we

identified a number of characteristics related to scene complexities, bandwidth vari-

ability, and quality levels, that are relevant to ABR streaming and QoE. Based on these

insights, we proposed 3 key principles to guide rate adaptation for VBR streaming. We

also designed CAVA, a practical control-theoretic rate adaptation scheme that explic-

itly leverages our proposed principles. Extensive evaluations demonstrate that CAVA

substantially outperforms existing ABR schemes even in challenging network condi-

tions common in cellular networks. The results demonstrate the importance of utilizing

these design principles in developing ABR adaptation schemes for VBR encodings. In

this chapter, we primarily focused on the VoD setting. As future work, we will explore

extending CAVA and its concepts to ABR streaming of live VBR encoded videos.



Chapter 4

Quality-aware Strategies for Optimizing ABR Video Streaming

QoE and Reducing Data Usage

4.1 Introduction

This chapter attempts to answer the following question: how can we effectively reduce

the bandwidth consumption for mobile video streaming while minimizing the impact

on users’ quality of experience (QoE)? This is a highly important and practical research

problem since cellular network bandwidth is a relatively scarce resource. The average

data plan for a U.S. cellular customer is only 2.5 GB per month [29], while streaming

just one-hour High Definition (HD) video on mobile Netflix can consume 3 GB data.

Therefore, the capability to make more efficient use of data while still hitting quality

targets is the key to enabling users to consume more content within their data bud-

gets without adversely impacting QoE. In addition, downloading less data for a video

session also translates to lower radio energy consumption [82], less thermal overhead

on mobile devices, as well as potentially better QoE for other users sharing the same

cellular RAN (radio access network) or base station.

Existing ABR adaptation schemes (§4.9) focus mainly on maximizing the video

quality and user QoE. While some schemes do conservatively utilize the bandwidth,

their decisions are primarily driven by QoE impairment concerns such as the possibility

of stalls caused by the potentially inaccurate bandwidth estimation. For example, when

selecting the next chunk, the default adaptation scheme in ExoPlayer [30] (a popular

open-source player that is used in more than 10000 apps) only considers tracks whose

85
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declared bitrates are at least 25% lower than the estimated network bandwidth. Such

a design saves data just by being conservative. As we show later, it can lead to signif-

icantly lower quality/QoE (§4.8.3). Existing ABR schemes do not explicitly consider

bandwidth efficiency together with quality in making the track selection decisions.

Some mobile network operators and commercial video services provide users

with certain “data saver” options. These options take either a service-based approach or

a network-based approach. The former limits the highest level of quality/resolution/bitrate

by, for example, streaming only standard definition (SD) content over cellular networks.

A network-based approach instead limits the network bandwidth. We survey the “qual-

ity throttling” mechanisms used by today’s commercial video content providers for sav-

ing bandwidth for mobile devices, and pinpoint their inefficiencies (§4.2-§4.3). Despite

their simplicity, we find such approaches often achieve tradeoffs between video quality

and bandwidth usage that are far from what viewers desire. A key reason is that for

state-of-the-art encoders (e.g., H.264 [31], H.265 [32] and VP9 [33]), the actual per-

ceived picture quality exhibits significant variability across different chunks within the

same track, for both Constant Bitrate (CBR) and Variable Bitrate (VBR) encodings.

Therefore, a data-saving approach that simply removes high tracks leads to quality

variations. Such quality variability impairs user QoE, and makes suboptimal use of the

network bandwidth.

To address the drawbacks of the existing practices, we propose a quality-aware

data saving strategy [83], which provides data savings while allowing users’ direct

control of the video quality. Specifically, a user selects from multiple quality options

(e.g., good, better, best), and the player will map the selection to a target quality (§4.3).

Within this strategy, we propose two new schemes that explicitly consider the band-

width efficiency by matching the fetched content quality against a target quality. In

this way, the player will avoid fetching chunks whose qualities are beyond the target

quality, leading to bandwidth savings. Specifically, the two new schemes are:

• Chunk-Based Filtering (CBF). We propose a novel, quality-variability aware scheme
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called Chunk-Based Filtering (CBF) (§4.4) that can be retro-fitted into existing ABR

adaptation schemes [84]. Its high-level idea is as follows. For every chunk position

in the video, CBF limits the choice of the highest quality chunk for ABR rate adapta-

tion to the chunk whose quality is closest to the target quality. CBF thereby steers an

ABR adaptation scheme to the set of more desirable choices (from the perspective of

balancing the tradeoff between the video quality and bandwidth usage), and helps the

ABR scheme achieve better streaming performance than it would by itself. Using CBF

in conjunction with existing ABR adaptation schemes is also attractive from a practi-

cal incremental deployment perspective. CBF has no dependencies on and requires no

changes to the complex ABR adaptation logic, and can be relatively easily inserted into

the existing streaming workflow (§4.4.3).

•Quality-aware ABR Adaptation. From a performance and bandwidth-efficiency trade-

off perspective, it is possible to do even better, if the ABR scheme itself can explicitly

integrate the goal of approaching the target quality into its rate adaptation logic. To

this end, we develop QUality-Aware Data-efficient streaming (QUAD), a holistic rate

adaptation algorithm that is designed ground up (§4.5). QUAD jointly considers three

aspects when making rate adaptation decisions: pacing the selected chunks’ bitrate

to the estimated network bandwidth to prevent stalls, adapting to the target quality to

reduce bandwidth consumption, and minimizing the inter-chunk quality change to en-

hance the playback smoothness. QUAD is robust and lightweight as it is developed

upon solid control theoretic foundations.

We implemented CBF and QUAD (§4.6) in two popular state-of-the-art open

source ABR video players: dash.js [53] and ExoPlayer [30]. Our evaluation of these

two techniques uses a diverse set of real videos and different encoding schemes (VBR

and CBR), under both emulated and real-world LTE networks (§4.6). The key evalua-

tion results include the following.

•CBF significantly improves the performance of existing state-of-the-art ABR schemes (§4.7).

Specifically, after employing CBF as a prefiltering step, the average deviation from the
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target quality is reduced by 37-67%; the average quality variation is reduced by 7-31%;

and the data usage is reduced by 34-67% even in challenging network conditions (in

easier conditions with ample bandwidth, the reduction is even more). We further ex-

perimentally demonstrate that CBF is significantly more effective in steering existing

ABR schemes to more desirable rate adaptation decisions than traditional service-based

or network-based data saving approaches.

• Compared to existing schemes enhanced with CBF, QUAD achieves even better per-

formance in approaching the target quality with low quality variations while still achiev-

ing good QoE (§4.8). For instance, our evaluation on dash.js shows that, compared

to a state-of-the-art ABR scheme, BOLA-E [37] enhanced with CBF, QUAD leads to

37% fewer low-quality chunks and 12% reduction in quality variation. Compared to

the default rate adaptation of ExoPlayer, QUAD reduces the deviation from the target

quality by 64%, reduces the number of low-quality chunks by 81%, and reduces the

quality variation by 43%. Compared to an optimized version of ExoPlayer’s algorithm

enhanced with CBF, the corresponding reductions brought by QUAD are 40%, 46%

and 22%, respectively.

4.2 Quality and Bitrate Tradeoffs

In this section, we describe the encoding characteristics of both VBR and CBR videos

to motivate our proposed solutions.

4.2.1 Video Dataset

Our video dataset includes 18 VBR and 4 CBR videos. We consider both VBR and

CBR videos because both are widely used in practice [24], with the trend of wider

adoption of VBR videos thanks to their many advantages over CBR videos [22]. Each

video is around 10 minutes long, and encoded at 6 tracks/levels1 for ABR streaming,
1 We use the terms track and level interchangeably in this chapter. Other equivalent terms include

representation and rendition, which are also widely used in the literature.
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with resolutions of 144p, 240p, 360p, 480p, 720p, and 1080p.

VBR Videos. All the 18 VBR videos were encoded by YouTube (YouTube has

adopted VBR encoding [62]). Four videos, Elephant Dream (ED), Big Buck Bunny

(BBB), Sintel, and Tears of Steel (ToS), were encoded from publicly available raw

videos [58]. Specifically, we uploaded the raw videos to YouTube and downloaded the

encoded videos using youtube-dl [61]. These four videos are in the categories of

animation and science fiction. We further downloaded 14 other videos, in a wide range

of categories, including sports, animal, nature, action movies, family drama, comedy,

and documentary, using youtube-dl. All the above videos are encoded using the

H.264 codec [31], with chunk duration of around 5 seconds, consistent with [62] (the

encoding is multi-pass; readers can find the detailed encoding settings in [62]). Ten

out of the aforementioned 14 videos were also available in another codec, VP9 [33],

encoded by YouTube. In addition, we further use FFmpeg to encode the four publicly

available videos using a more recent and efficient codec, H.265 [32], following the

“three-pass” encoding in [57].

CBR Videos.

We also created CBR encodings for the four publicly available raw videos using

FFmpeg [55], a popular open source encoder. Specifically, we used the one-pass CBR

encoder, the default CBR encoder in FFmpeg, which is often used instead of multi-pass

encoders due to latency considerations, particularly in live streaming. Each video is

encoded using H.264 into six tracks (144p to 1080p), and each track is segmented into

5-sec chunks, consistent with the ABR track configurations of YouTube.2

2 As an example, the command for encoding an input video into a 1080p track is

ffmpeg -i inputvideo -b:v 2500k -minrate 2500k -maxrate 2500k -bufsize

2500k -r 24 -profile:v high -x264-params nal-hrd=cbr:keyint=120

:min-keyint=120:scenecut=0 -vcodec libx264 -vf scale=1920:1080 -preset

fast output.mp4.
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4.2.2 Video Quality Metrics

We use two quality metrics, Peak Signal-to-Noise Ratio (PSNR) and Video Multi-

method Assessment Fusion (VMAF) [66]. PSNR is a traditional image quality metric.

VMAF is a recently proposed perceptual quality metric that correlates quality strongly

with subjective scores, and has been validated independently in [69]. VMAF provides

different models tailored to various screen sizes, such as phone and TV. We focus on the

VMAF phone model in this chapter since phones are the dominant platform for viewing

videos over cellular networks. A VMAF score is between 0 and 100: a score of 0-20 is

considered as unacceptable, 20-40 as poor, 40-60 as fair, 60-80 as good, and 80-100 as

excellent [66]. Similarly, different ranges of PSNR values are used to categorize picture

qualities [57]. The aggregate VMAF of a chunk is set as the median VMAF of all the

frames in a chunk (using mean leads to similar values for videos in our dataset) [70].

The same approach is used for PSNR.

To calculate PSNR and VMAF for a video, we need a reference video, i.e., a

pristine high quality copy of the video against which to compute these metrics. For the

four VBR and CBR videos that were encoded using the publicly available raw videos,

the corresponding raw videos are used as the reference videos. For the other VBR

videos downloaded from YouTube, we do not have the raw video footage, and use the

top track (1080p) as the reference track to measure the video quality of the lower tracks.

To understand the impact of this approximation, we calculate the quality values for the

four videos that we have raw videos under two options, one with the raw video and

the other with the 1080p track as the reference video. We find empirically that the

latter leads to lower variability across the chunks in the same track for both PSNR and

VMAF, a point that we will return to in §4.2.3.
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Fig. 4.1: Quality vs. bitrate for one video (ED).

4.2.3 Perceptual Quality vs. Encoding Bitrate

We first use an example video to illustrate the tradeoffs between quality and bitrate,

and then describe the observations across the video dataset. Figures 4.1(a) and (b) plot

quality versus bitrate for a VBR video (with 123 chunks, each of 5-sec duration, and

6 tracks), using VMAF and PSNR as the quality metric, respectively. In these figures,

different colors represent the chunks in the different tracks; the black curve shows the

average quality versus average bitrate for each track. We see a diminishing gain in

increasing bitrate on quality (note the log scale in x-axis), consistent with the observa-

tions in [85]. Furthermore, even under VBR encoding, the chunks in the same track

have significantly variable perceptual quality (a VMAF difference of 6 or more would



92

0 500 1000 1500
Bitrate (kbps)

50

60

70

80

90

100

V
M

A
F

ED
BBB
ToS
Sintel
Animal
Sports
Nature
Moive
WLY
Kedi
Masquerade
Mind
Party
Savvy
Stepup
The Thing
Youth
King

(a) YouTube VBR (H264)

400 600 800 1000
Bitrate (kbps)

50

60

70

80

90

100

V
M

A
F ED

BBB
ToS
Sintel

(b) FFmpeg CBR (H264)

Fig. 4.2: Quality vs. bitrate for track 4 (480p).

be noticeable to a viewer [74, 85]). Specifically, for a track, the standard deviation

of quality across the chunks varies from 2 to 14 for VMAF, 4.1 to 5.4 in PSNR (note

PSNR values in log scale), with the middle tracks exhibiting more variability. We make

similar observations for CBR video. Figures 4.1(c) and (d) plot VMAF quality versus

bitrate for a CBR video, where all the chunks in same track have similar bitrates.

Fig. 4.2 plots the quality (in VMAF) and bitrate variations for track 4 for all the

videos we consider (18 VBR videos in Fig. 4.2(a) and 4 CBR videos in Fig. 4.2(b)); the

results under PSNR show a similar trend. Each video is represented by two error bars,

representing the 1st and 99th percentile in quality and bitrate, respectively. We see the

same two observations hold for all the videos we consider. Note that Fig. 4.2(a) includes

the 14 VBR videos for which we use the 1080p tracks as the reference videos (due to

unavailability of the raw videos), which tend to underestimate the quality variability

across the chunks in the same track (see empirical observations in §4.2.2). We see

significant variability even with the underestimation.

The above results are for H.264 [31] videos. To ensure that the above observa-

tions are general, we further investigate the quality and bitrate relationships for other

encoders and content. Specifically, we examine (i) H.265 [32], a more recent and effi-
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cient codec than H.264, using the four publicly available videos, (ii) VP9 [33], another

widely used codec in YouTube, using ten VP9 videos downloaded from YouTube, and

(iii) Twitch, another popular video streaming service, by selecting five popular videos

in different genres based on the number of viewers. For all the three cases, our results

confirm the same two quality and bitrate relationships observed earlier: (1) increas-

ing bitrate leads to diminishing gain in quality improvement, and (2) the chunks in the

same track have significantly variable quality. These two observations are consistent

with the results of Netflix encoded videos [85, 86], indicating that they hold widely

across encoding platforms and videos.

The property that chunks within the same track have highly variable quality holds

obviously for CBR encodings, which encode the entire video at a relatively fixed bitrate,

allocating the same bit budget to both simple scenes (i.e., low-motion or low-complexity

scenes) and complex scenes (i.e., high-motion or high-complexity scenes). The fact that

it also holds for VBR is somewhat counterintuitive since VBR allocates bits according

to scene complexity to achieve a more consistent quality throughout a track. Part of the

reason is the inherent complexity of encoding and the difficulty of handling scenes of

diverse complexities [62, 85].

4.3 Reducing Data Usage

The diminishing gains in increasing bitrate on quality improvement demonstrated in

the previous section indicate that an ABR logic that simply aims to maximize quality

is not bandwidth efficient. In the following, we first describe the current data saving

practices and show that they are inefficient. We then propose a quality-aware strategy

for reducing data usage.
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Option Top Track Declared Bitrate Resolution

Data saver 3 120kbps 288p

Good 6 450kbps 360p

Better 7 650kbps 396p

Best 8 1000kbps 480p

Table 4.1: Data saving options in Amazon Prime video.

4.3.1 Current Data Saving Practices

Certain cellular network operators provide users with options to limit the network band-

width for a streaming session (e.g., [87, 88]). The rationale is that the bandwidth cap

may lead an ABR player to avoid bandwidth-consuming High-Definition (HD) tracks

so as to save data.

Various commercial video streaming services have also provided users with op-

tions to save data. For instance, the YouTube phone app provides an option called “Play

HD on Wi-Fi only”, i.e., only Standard Definition (SD) videos will be streamed over

cellular networks. To understand the behavior of this option, we stream eight videos

in different categories using the YouTube app over a commercial LTE network. We

observe that, when the option is on, even if the network bandwidth is very high (over

tens of Mbps), the 480p track is selected throughout the video. The fact that the se-

lected tracks never exceed 480p despite significantly higher bandwidth indicates that

the data saving is achieved by capping the top track to the 480p track. Henceforth, we

refer to this practice as Track-based Filtering (TBF). We find that data saving options

in the Amazon Prime Video app are also achieved by capping the top track. Table 4.1

summarizes the measurement results, showing the top track for the four options varies

from track 3 to 8.

The above two current practices both have drawbacks. The network-based ap-

proach forces an ABR scheme to choose lower tracks due to the network bandwidth

limit. It provides no explicit control on what quality will be chosen for a particu-

lar chunk position, thus leading to highly variable quality across the rendered chunks
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(§4.7.2). The practice of TBF does not account for the high quality variability across

chunks within the same track. For example, the purple points in Fig.4.1(b) represent

chunks encoded at track 4 (or 480p). When using TBF with 480p as top track, the

quality for some chunk positions is lower than 60 (i.e., the threshold for good quality

in VMAF [66]), no matter what ABR scheme is being used and how much network

bandwidth is available.

4.3.2 Quality-aware Data Saving

To address the drawbacks of the current data saving practices, we propose a quality-

aware strategy for reducing data usage. We assume that a user is provided with multiple

viewing quality options (e.g., good, better, best), with the understanding that the saving

is higher under a lower viewing quality option and vice versa. For an option chosen by

a user, the player will map it to a particular quality value, referred to as target quality,

and the goal of the ABR logic is to maintain the quality to be close to the target quality,

subject to the network bandwidth constraints. In contrast to the current data saving

practices, the above target quality based strategy provides data savings while directly

controlling the quality level.

The target quality can be specified in terms of a wide range of perceptual qual-

ity metrics. While there is no single agreed-upon way of defining a good perceptual

quality, existing literature has established certain metrics, e.g., through threshold val-

ues in VMAF and PSNR (see §4.2.2). As an example, VMAF values of 60 and 80

are the thresholds for “good” and “very good” quality, respectively [66]. The player

can set the target quality in VMAF values based on the viewing quality option that a

user chooses: when the “good”, “better”, “best” option is chosen, the target quality is

set to VMAF 60, 70, 80, respectively. Users do not need to numerically specify the

target quality. Instead, they only need to select a desired viewing quality option such as

good/better/best—similar to the current practice in commercial streaming systems. For

a given video, the quality metrics such as PSNR and VMAF can be calculated by the



96

server after the video is encoded, and then shared with the client. In addition, a video

player can also automatically decide the target quality based on the user’s cellular data

plan, the cellular data budget, the video content type, and the user’s historical prefer-

ences. Furthermore, the target quality can be changed over time during the playback;

our schemes in §4.4 and §4.5 can be applied to dynamic target qualities.

4.4 Chunk-based Filtering (CBF)

We first describe the CBF approach, and then detail its deployment scenarios and how

to leverage it in ABR streaming.

4.4.1 CBF Approach

CBF is motivated from the two video quality and bitrate tradeoffs in §4.2, i.e., (i) in-

creasing bitrate leads to diminishing gain in improving quality, and (ii) the chunks in the

same track exhibit significantly variable quality. Specifically, for a given target quality,

Qr, CBF filters the tracks that are undesirable on a per-chunk basis as follows. For the

i-th chunk position, let qi,` denote the quality for track `, which can be obtained right

after the encoding process at the server. Then, for a given Qr, CBF sets the top level

for chunk position i to ¯̀i so that the corresponding quality, qi, ¯̀i , is closest to the target

quality, Qr, among all the tracks for chunk position i (i.e., |qi, ¯̀i −Qr| is the smallest). In

other words, for chunk position i, all the encodings (i.e., tracks) that are above ¯̀i will

not be considered in ABR streaming.

Fig. 4.3(a) illustrates CBF using an example. It plots the top track after filtering

by CBF for each chunk position when the target quality is 80 (VMAF). The video has 6

tracks originally. We see that the top track after CBF varies from 1 to 6 for the different

chunk positions (with 53% and 39% as track 3 and 4, respectively, and 6% above 4,

and 2% below 3). As an example, for the 29th chunk, the lowest track (i.e., track 1) is

sufficient to achieve the target quality 80. A manual inspection reveals that this chunk
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Fig. 4.3: Illustration of CBF (ED, Qr = 80).

0 40 80 120
Chunk index

40

50

60

70

80

90

100

V
M

A
F

     TBF+ TBF- CBF

(a) Quality for top track

40 50 60 70 80 90 100
VMAF

0

0.2

0.4

0.6

0.8

1

C
D

F

TBF+ TBF- CBF

(b) CDF for quality of top track

Fig. 4.4: CBF, TBF−, and TBF+ (ED, Qr = 80).

contains very simple scenes that require less bits to encode. Fig. 4.3(b) plots the highest

quality variant for each chunk position that CBF retains. We see that 95% of the chunk

positions have top quality within 10% of the target quality (i.e., between 72 and 88).

4.4.2 CBF vs. TBF

We next compare CBF and TBF. Specifically, we consider two variants of TBF as

follows. For a video, let Q̃(`) represent the average quality of all the chunks in track `.

Let `− and `+ denote two adjacent tracks, `− = `+ − 1, satisfying that Q̃(`−) ≤ Qr and

Q̃(`+) > Qr. The first variant of TBF, denoted as TBF−, caps the top track to `−, i.e., it

removes all the tracks that are higher than `−. The second variant of TBF, denoted as

TBF+, caps the top track to `+. Clearly, TBF− is more aggressive in filtering out tracks
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than TBF+.

Fig. 4.4(a) plots the quality of the top track for each chunk position under CBF,

TBF−, and TBF+ for one video when the target quality is 80. For this setting, `− = 3

and `+ = 4. In TBF+, all the tracks above track 4 (with resolution 480p) are removed,

which coincides with YouTube’s data saving option (§4.3.1). In Fig. 4.4(a), the qual-

ity for a given chunk position represents the maximum achievable quality when the

network bandwidth is sufficiently large. We see that the quality under CBF is over-

all much closer to the target quality than that under the two TBF variants. Fig. 4.4(b)

shows the cumulative distribution function (CDF) corresponding to the quality values

in Fig. 4.4(a). For TBF− and TBF+, only 56% and 53% of the chunk positions have

quality within 10% of the target quality, compared to 95% under CBF. We observe sim-

ilar results as above for other videos and target quality investigated. It is easy to prove

that, for any chunk position, the top quality under CBF is no farther away from the

target quality than that under the two TBF variants.

4.4.3 Deployment Scenarios

From a practical perspective, a key advantage of CBF is that it can be incrementally de-

ployed in the existing DASH and HLS streaming pipelines at either the server or client

side. In both deployment scenarios, the server does not remove any chunk from its stor-

age. Rather, it modifies or extends the manifest file that it transmits to the client. We

next describe the two deployment scenarios, and end the section with a brief description

of using CBF in ABR streaming.

Server Side Deployment. Two approaches, called chunk variant trimming and

chunk variant substitution, can be used for server side deployment. In chunk variant

trimming, the server simply modifies the manifest file so that, for each chunk position,

it only lists the chunk variants that remain after CBF filtering. As an example, in

Fig. 4.5(a), for chunk 1, only the three lowest track variants will be listed in the manifest

file. In chunk variant substitution, the server makes the filtering completely transparent
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to the client operation by substituting the information for certain chunk variants as

follows. Consider the chunks at position i. Let i.` represent the chunk at level `. Let l̄

denote the top track after the filtering by CBF. Then the server modifies the manifest file

so that the information for chunk i.`, ` > ¯̀, is replaced with the information of chunk

i. ¯̀. In this way, each playback position still has the same number of levels, and the

changes through CBF is transparent to the client. For example, in Fig. 4.5(a), for chunk

1, levels 4, 5 and 6 are filtered according to CBF; the server modifies the manifest file

to replace the information for chunks 1.4, 1.5 and 1.6 with that of 1.3.

We have verified that the above two approaches work in the context of both

DASH and HLS protocols and common packaging formats such as Fragmented MP4

and MPEG-2 TS [3, 4]. The chunk variant substitution approach clearly works when

the media format does not include separate initialization segments (i.e., each chunk is

self-initializing). It can also be realized for media formats where separate initializa-

tion segments (each containing information required to initialize the video decoder to

decode a particular chunk) are included, as long as a proper initialization segment is

specified for each chunk in the manifest file. We have confirmed through experiments

that both DASH and HLS have ways to specify such associations, and that, when pre-

sented with the appropriately modified manifest file, the player was able to correctly

decode and play the associated video. In DASH, this can be achieved using “Period”

construct [4]. In HLS, this can be achieved through extra “EXT-X-MAP” tags [3].

Client Side Deployment. When CBF is deployed at the client, the server further

needs to transmit the quality information for each chunk to the client, e.g., by including

the information in the manifest file, as our prototype implementation of CBF in two

ABR streaming platforms (§4.6). The client, when making rate adaptation decision for

a chunk position, will exclude the levels that are above the top track for that chunk

position (illustrate as shaded chunks in Fig. 4.5(b)). Note that while quality metrics can

be carried in the media file, e.g., following the ISO standard [89], for rate adaptation

purposes, the quality information needs to be known to the client beforehand to assist
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Fig. 4.5: Illustration of CBF deployment.

the decision making, instead of extracting after a chunk is downloaded. Therefore, our

implementation embeds the quality information in the manifest file instead of the media

file.

Leveraging CBF in ABR Streaming. CBF can be retrofitted to, and improve

the performance and data efficiency of existing ABR schemes that may not be quality-

aware themselves. This can be achieved either through server-side or client-side de-

ployment of CBF. Specifically, under server-side deployment of CBF, an existing ABR

scheme simply selects from the remaining levels for each chunk position. The scheme

does not need to leverage or even be aware of any quality information. It can sim-

ply aim at maximizing the bitrate (as an indirect way of maximizing the quality) with

other QoE considerations, as in most existing schemes. Under client-side deployment

of CBF, the client can add a function that applies CBF, and then pass the information

of the remaining tracks for a chunk position to an existing ABR algorithm.

4.5 Grounds-up Design: QUAD

Besides integrating CBF into existing ABR schemes, another approach to design target

quality aware ABR adaptation schemes is to develop them from the ground up. Such

schemes, since explicitly designed with the target quality in mind, have the potential

to outperform existing schemes enhanced with CBF. To demonstrate this approach, we
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propose one design, called QUAD (QUality Aware Data-efficient streaming), based on

control theory. QUAD explicitly integrates the goal of approaching the target quality

into its online optimization framework. As a result, it is more capable of maintaining

the target quality, and more adaptive to the fluctuating network conditions compared to

using CBF with existing schemes.

As shown in Fig. 4.6, QUAD takes a target quality as input, and leverages an

optimization formulation and feedback control to optimize the QoE metrics while ap-

proaching the target quality.

Target Quality based Optimization. The optimization formulation below aims

to make the chosen chunks’ quality approach the target quality while minimizing re-

buffering and quality changes. Let `t denote the track number selected at time t. Let

Rt(`t) denote the corresponding bitrate of the selected chunk. We use Rt(`t) instead of

R(`t) to accommodate VBR encoding whose bitrate is both a function of `t and time t

since the bitrate can vary significantly even within a track. The client selects `t from

the set of levels that remains after CBF. The optimization problem is to determine the

track, `t, so that the following objective function is minimized:

J(`t) = max
(
0, utRt(`t) − Ĉt

)2
+ αQr − Qt(`t)2 + ηQt(`t) − Qt−1(`t−1)2,

where ut is the controller output and Ĉt is the estimated link bandwidth at time t, α > 0

and η > 0 are parameters for the second and third terms, respectively, Qr is the target
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quality specified by the user, Qt(`t) denotes the quality of the chunk at track `t for time

t, and Qt−1(`t−1) represents the quality of the previous chunk (here we slightly abuse

the notation by using t to represent the index of the chunk for time t and use t − 1 to

represent the index of the previous chunk).

The formulation in Eq. (4.1) is a least-square optimization problem. In the first

term, utRt(`t) represents the bandwidth requirement of the selected track, derived from

the feedback control that we will explain shortly. For now readers can regard it as a

black box. The first term is zero if the bandwidth requirement of the selected track

is no more than the estimated network bandwidth; otherwise, a stall may potentially

occur, so it incurs a penalty that equals to the amount of bandwidth that is exceeded by

the bandwidth requirement. The second term depends on how much the chosen quality

for the chunk deviates from the target quality. The sum of the first and second terms

allows the chosen track to be as close to the target quality as possible, while does not

overly exceed the network bandwidth (to avoid stalls). The last term penalizes quality

changes between two adjacent chunks, in order to maintain a more consistent quality

and smooth playback.

We apply normalization in Eq. (4.1) since the first term is of a different unit from

the second and third terms. Specifically, we normalize all the three terms to be unitless

as follows. The first term is normalized by Ĉt, the estimated bandwidth, and the other

two terms are normalized by Qr (since QUAD selects from the tracks that remain after

CBF, the maximum quality is approximately Qr). In Eq. (4.1), α and η represent the

weights for the second and third terms, respectively. We set both of them to 1 since all

the three terms in Eq. (4.1) are important QoE metrics.

We see from Eq. (4.1) that choosing `t above the target quality Qr is not beneficial

in minimizing the objective function. Therefore, we may apply CBF before solving the

optimization problem to reduce the problem space and improve the runtime efficiency.

Let Lt be the set of track levels for chunk t (retained after CBF). We can find the

optimal solution to (4.1) by evaluating Eq. (4.1) using all possible values of Lt, leading
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to computational overhead O(|Lt|). In §4.8, we show that QUAD is very lightweight

using our implementation.

Feedback Control Block. In the first term in (4.1), utRt(`t), is derived from the

feedback control block shown in Fig. 4.6. We use PID control [45] as the underlying

control framework since it is simple and robust for ABR streaming [56]. Specifically,

the PID control block works by continuously monitoring the difference between the

target and current buffer levels of the video player, and adjusting the control signal to

maintain the target buffer level, which helps to avoid stalls. We define the controller

output, ut, as:

ut =
Ct

Rt(`t)
, (4.1)

where Ct denotes the network bandwidth at time t, and Rt(`t) denotes the bitrate of the

chunk selected for time t. The control policy is defined as:

ut = Kp(xr − xt) + Ki

∫ t

0
(xr − xτ)dτ + 1(xt − ∆) (4.2)

where Kp and Ki denote respectively the parameters for proportional and integral con-

trol (two key parameters in PID control), xr is the target buffer level, xt is the current

buffer level (in seconds) at time t, ∆ denotes the playback duration of a chunk, and the

last term, 1(xt − ∆), is an indicator function (1 when xt ≥ ∆ and 0 otherwise), which

makes the feedback control system linear, and hence easier to control and analyze.

From (4.1), we derive Ct = utRt(`t) and plug it into (4.1).

Further Reducing Rebuffering. To avoid rebuffering when the current buffer

level is low, we further use a heuristic. Specifically, if xt < 4∆, i.e., there are less than

four chunks in the buffer, then the track is selected as min(` f , Ĉt/ut), where ` f is the

lowest track with fair quality for that chunk position. In other words, when the current

buffer level is low, we ignore the goals of achieving the target quality and reducing

quality changes (i.e., the last two terms in (4.1)), and only consider the first term (to

reduce the risk of stalls). In that case, we first select the track based on Ĉt/ut. Since Ĉt

can be an overestimate of the actual network bandwidth, we further bound the selected
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track to be no more than level ` f . For the videos that we use in our evaluation (see

§4.6), we set ` f to 2, which has significantly higher quality than track 1.

4.6 Implementation & Evaluation Setup

Implementation. We implemented client-based CBF and QUAD in two popular play-

ers, dash.js [53] and ExoPlayer [30]. We made a set of non-trivial changes. First,

we included the quality information of each chunk in the manifest file. We then modi-

fied dash.js and ExoPlayer so that the chunk quality information can be passed to the

ABR logic. We also implemented a new module cbf.js to realize CBF, and a new rate

adaptation module quad.js to realize QUAD in dash.js. In ExoPlayer, we created

two new classes, cbf.java and quad.java, for CBF and QUAD. The total number

of LoC that is involved in the above changes is 336 in dash.js and 396 in ExoPlayer.

In dash.js, we developed a bandwidth estimation module that responds to playback

progress events and estimates network throughput using the harmonic mean of the last

5 chunks.

Evaluation Setup. Our evaluations use a combination of controlled lab exper-

iments with our implementations in dash.js and ExoPlayer, as well as simulations,

all driven by real-world network bandwidth traces collected from commercial cellular

networks. This methodology allows repeatable experiments and to evaluate different

schemes under identical settings. In §4.8.4, we also run in-the-wild tests using Exo-

Player on a phone over an LTE network.

Network Traces and Videos. We collected a total of 42 hours of network traces

over two large commercial LTE networks in the U.S. Our traces consist of per-second

network bandwidth measurements, which are collected on a phone, by recording the

throughput of a large file downloading from a well-provisioned server. They cover a di-

verse set of scenarios, including different time of day, different locations, and different

movement speeds (stationary, walking, local driving, and highway driving). We se-

lected 50 challenging traces, each of 700 seconds, with the average network bandwidth
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below 1 Mbps. The reason for choosing such traces is because even with target quality

of 80 (in VMAF, regarded as very good quality [66], the highest quality we evaluate),

the average bandwidth requirement is below 1 Mbps (varies from 500 to 800 kbps) for

the videos we use. Using higher bandwidth traces will diminish the differences among

different schemes; these low-bandwidth traces, measured from commercial cellular net-

works, represent challenging conditions that do occur in real networks, e.g., when the

network is congested or the signal is poor. We use 4 VBR and 4 CBR videos in our

evaluation. They are encoded using the four raw videos (ED, BBB, Sintel, ToS) that we

have access to (see §4.2.1), and hence we can calculate the perceptual quality using raw

videos as the reference. The results in §4.7 and §4.8 focus on VBR videos; the results

for CBR videos are consistent and omitted due to space.

CBF with Existing ABR Schemes. We use CBF as a prefilter for the following

state-of-the-art rate adaptation schemes: (i) RobustMPC [13], which is a well-known

scheme based on model predictive control. (ii) PANDA/CQ [27], which directly incor-

porates video quality information in ABR streaming. It maximizes the minimum qual-

ity for the next N chunks, which achieves better fairness (in terms of quality) among

multiple chunks. (iii) BOLA-E [11, 37], which selects the bitrate to maximize a util-

ity function considering both rebuffering and delivered bitrate. (iv) ExoPlayer’s ABR

adaptation [30], referred to as Exo henceforth, which is essentially a rate based logic,

i.e., selecting the track based on bandwidth estimation. The results for RobustMPC

and PANDA/CQ are obtained through trace-driven simulation; the evaluation involv-

ing BOLA-E and ExoPlayer ABR logic is done using open source implementation in

dash.js and ExoPlayer, respectively.

Offline Optimal Scheme. We further use an offline optimal solution as a baseline

to evaluate the performance of various schemes. This offline scheme assumes that the

entire network bandwidth is known beforehand. It considers three QoE metrics related

to target quality, quality changes, and stalls. Specifically, for a video with n chunks, it
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selects tracks `1, . . . , `n to minimize

J(`1, . . . , `n) =

n∑
t=1

(Qr − Qt(`t))2 +

n−1∑
t=1

(Qt+1(`t+1) − Qt(`t))2

+ γTr(`1, . . . , `n)

where Qr is the target quality, Qt(`t) is the quality for `t, and Tr(`1, . . . , `n) is the re-

buffering duration, and γ is the weight for rebuffering. The results below use γ = 1002,

i.e., we penalize each second of rebuffering with square of the maximum VMAF qual-

ity.

ABR Configurations. Following practices in commercial production players [24],

we set the player to start the playback when two chunks are downloaded into the buffer.

The track for the first chunk is selected to be the middle track (i.e., track 3). Unless

otherwise stated, we use the harmonic mean of the average download throughout for

the past 5 chunks as the bandwidth prediction, as it has been shown to be robust to

measurement outliers [13, 34]. For the results using ExoPlayer, the bandwidth predic-

tion uses the built-in sliding percentile technique [30]. Unless otherwise stated, for all

schemes, we set the maximum client-side buffer size to 120 seconds. This is reason-

able for Video on Demand (VOD) streaming, and is consistent with existing practices

that set the maximum buffer limit to hundreds of seconds [14, 24, 53]. An ABR scheme

may use thresholds to control when to stop and resume downloading based on the buffer

level. When comparing with another scheme, we ensure that our schemes use the same

thresholds as used in that scheme. For QUAD, the controller parameters, Kp and Ki,

are selected by adopting the methodology outlined in [56]. Specifically, we varied Kp

and Ki, and confirmed that a wide range of Kp and Ki values lead to good performance.

Perceptual Quality Metric. We measure video quality using VMAF (§4.2).

Specifically, we use VMAF phone model (instead of TV model) given our focus on

cellular networks. In the testing, we assume that a user selects from three quality

options, good/better/best. Correspondingly, the player maps these quality options to

VMAF values of 60 (for “good”), 70 (for “better”), and 80 (for “best”).
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Performance Metrics. We use five metrics: four for measuring different aspects

of user QoE and one for measuring data usage. All metrics are computed with respect

to the delivered video, i.e., considering the chunks that have been downloaded and

played back. The metrics are listed as follows. (i) Quality of all the chunks: measures

how the quality of each chunk differs from the target quality. (ii) Low-quality chunk

percentage: measures the proportion of the chunks that were selected with low quality

during a streaming session. The reason for using this metric is because human eyes

are sensitive to bad quality chunks [70]. We identify VMAF values below 40 as low-

quality based on [66]. (iii) Rebuffering duration: measures the total rebuffering/stall

time in a streaming session. (iv) Average quality change per chunk: defined as the

average quality difference of two consecutive chunks in playback order for a streaming

session (since human eyes are more sensitive to level changes in adjacent chunks). (v)

Data usage: measures the total amount of data downloaded for a streaming session.

For metrics (ii)-(v), a lower value is preferable; for (i), we measure how close it is to

the target quality. In addition to the above metrics, we further explored the number of

stalls during a session in various cases. Our results show that using CBF in existing

schemes reduces the number of stalls, and QUAD leads to fewer stalls compared to

existing scheme enhanced with CBF in almost all the cases.

4.7 Evaluation Existing ABR Schemes Enhanced with CBF

We evaluate the performance of adding CBF to existing ABR schemes. We focus

on two existing schemes, RobustMPC and PANDA/CQ. The performance of other

schemes with CBF is deferred to §4.8.

4.7.1 Benefits of CBF

Fig. 4.7 shows the performance of RobustMPC and PANDA/CQ with and without CBF

for one video across the network traces when the target quality is 80. The results for the

five performance metrics are shown in the five subplots in the figure: the first subplot
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Fig. 4.7: Two existing ABR schemes with and without CBF (ED, YouTube encoded,

target quality 80).

is the CDF across individual chunks across all runs; the rest four are CDFs across runs,

with each run corresponding to a different network trace. We observe that CBF im-

proves performance for both ABR schemes, across all metrics. Specifically, compared

to the original schemes, adding CBF leads the quality to be closer to the target quality,

and reduces the percentage of low-quality chunks, the quality changes, rebuffering, and

data usage.

Table 4.2 summarizes the results for four VBR videos for RobustMPC with and

without CBF for target quality of 60 and 80, respectively. The first column is the

average deviation from the target quality across all the network traces; the value for

one trace is (
∑
|qi − Qr|)/n, where qi is the quality of chunk i in the rendered video, Qr

is the target quality, and n is the number of chunks in the video. The second column

shows the percentage of the traces that have more than 20% of low-quality chunks. The

third column shows the average rebuffering duration for the traces where either case

(i.e., with or without CBF) has rebuffering. The last two columns show the average

quality changes and the data usage, averaged across the network traces. We see that

CBF reduces the deviation from the target quality by 37-67%, reduces the number of

traces with frequent low-quality chunks by 6-42%, and reduces the average quality
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Fig. 4.8: CBF versus capping network bandwidth (ED, YouTube encoded, target qual-

ity 80).

change by 7-31%. For many videos, across all network traces, using CBF leads to no

stalls compared to substantial amount of stalls without CBF. The data usage with CBF

is 34-67% lower than that without CBF. In the extreme case when the bandwidth is

sufficiently high, RobustMPC without CBF will choose the highest track (i.e., track 6).

The data usage for the four videos will be 203, 179, 240, and 209 MB respectively,

5.6-7.5 times higher than the corresponding values with CBF under target quality 80

(the ratios are even higher for target quality 60).

We see similar results for PANDA/CQ with and without CBF. The above re-

sults demonstrate that CBF can significantly improve the performance of existing ABR

schemes by prefiltering the chunks whose qualities are higher than the target quality,

and hence steering the schemes to the set of more desirable choices.

4.7.2 CBF vs. Network Bandwidth Cap

We now compare CBF with an existing practice for saving data by capping network

bandwidth (§4.3.1). Specifically, for an existing ABR scheme, we consider three cases:

(i) we assume that the cellular network provider caps the network bandwidth to 1.5

Mbps; (ii) there is no cap on the network bandwidth, while the scheme is used together
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Table 4.2: RobustMPC vs. RobustMPC+CBF.

Video

Avg. dev.

from

target

quality

% of traces

w/ > 20%

low-qual.

chunks

Avg.

stall

dura.

(s)

Avg.

quality

change

Data

usage

(MB)
V

B
R

,6
0

ED 25, 9 48%, 10% 8, 0 13, 9 39, 19

BBB 27, 9 37%, 8% 6, 0 14, 11 36, 14

Sintel 28, 11 6%, 0% 8, 0 10, 12 55, 18

ToS 26, 14 56%, 40% 5, 0 13, 12 46, 22

V
B

R
,8

0

ED 23, 15 48%, 12% 8, 2 13, 10 39, 28

BBB 22, 14 37%, 8% 6, 1 14, 13 36, 21

Sintel 19, 9 6%, 0% 8, 0 10, 9 55, 29

ToS 24, 16 56%, 21% 5, 2 13, 10 46, 35

* The two numbers in each cell are the results for RobustMPC

and RobustMPC+CBF, respectively.

with CBF; and (iii) there is a bandwidth cap and the scheme is used with CBF. Since

the network bandwidth of some traces is low and imposing the constraint of 1.5 Mbps

leads to little impact, we choose a subset of network traces where the cap meaningfully

changes the available bandwidth. Specifically, a network trace is chosen if the band-

width estimated using a window of 1 second is larger than 1.5 Mbps for at least 10% of

the time. The results below are obtained from 20 traces selected as above.

Fig. 4.8 shows the results for RobustMPC with target quality 80; the results for

PANDA/CQ show a similar trend. We see that the two variants with CBF achieve

similar performance. Both of them significantly outperform the other variant (i.e., with

bandwidth cap but no CBF) in all performance metrics. The results demonstrate the

effectiveness of CBF compared to the network bandwidth capping approach. They also

indicate that CBF can co-exist with the network bandwidth capping approach. The

above results are for one video with target quality 80. We observe similar results for
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other videos and target qualities. For lower target qualities (i.e., 60 and 70), we observe

that CBF achieves even better performance.
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Fig. 4.9: RobustMPC with CBF vs TBF (ToS, YouTube encoded, target quality 80).

4.7.3 CBF vs. TBF

We now compare CBF with TBF, which is used by commercial streaming services such

as YouTube and Amazon for reducing data usage (see §4.3.1). Specifically, we consider

two variants of TBF, i.e., TBF− and TBF+ (see §4.4.2).

Fig. 4.9 plots the performance of RobustMPC with CBF, and with the two TBF

variants, referred to as RobustMPC− and RobustMPC+. The results are for one VBR

video when the target quality is 80. For this setting, the top track in RobustMPC−

and RobustMPC+ is track 3 and 4, respectively. We make the following observations.

(i) RobustMPC− is quite conservative. It provides low rebuffering time. However,

the negative side is that it undershoots the target quality (its average deviation from

the target quality is 20 VMAF points across the chunks, compared to 15 under Ro-

bustMPC+CBF), and leads to a higher percentage of low-quality chunks (it has at least

10% low-quality chunks for 100% of the traces, compared to 58% and 68% of the

traces under RobustMPC+CBF and RobustMPC+, respectively). (ii) RobustMPC+,
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on the other hand, is too aggressive. It overshoots the target quality (it exceeds the

target quality in 50% of the chunks, compared to 30% under RobustMPC+CBF), in-

curs the highest rebuffering time, and consumes the highest network bandwidth among

the three schemes. Also, it results in highly variable quality by choosing high quality

for some chunks while leaving a higher percentage of chunks with low quality. (iii)

RobustMPC+CBF strikes a better balance among the aforementioned factors. It also

achieves a quality that is closest to the target quality. We observe similar results for

other videos and target qualities. We further compare the three variants of PANDA/CQ

and observe that PANDA/CQ+CBF achieves better performance than the others. The

reason, as explained in §4.4.2, is that compared to TBF, CBF filters out chunks at a finer

granularity (on the basis of chunks instead of tracks), thus allowing it to make better

choices.

4.8 Evaluation of QUAD

In this section, we compare QUAD and existing schemes enhanced with CBF. We also

evaluate them in dash.js and ExoPlayer.

4.8.1 QUAD vs. CBF

Fig. 4.11 plots the performance of QUAD and two existing schemes (RobustMPC and

PANDA/CQ) with CBF for two videos, based on trace-driven simulations. It also plots

the results of the offline optimal scheme (see §4.6). We observe that for all five met-

rics except the data usage, QUAD achieves performance closest to that of the offline

optimal; for data usage, the offline optimal uses more data than other schemes, con-

sistent with the best quality that it achieves. QUAD outperforms RobustMPC+CBF

and PANDA/CQ+CBF for both videos in Fig. 4.11. For video BBB (Fig. 4.11 bottom

row), while RobustMPC+CBF has similar rebuffering as QUAD, it leads to a noticeably

worse quality (the average deviation from the target quality is 14 VMAF points across

the runs under RobustMPC+CBF, and 10 under QUAD). For video ED (Fig. 4.11 top
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Fig. 4.10: QUAD vs. two existing schemes with CBF (ED, YouTube encoded, target

quality 80).

row), the overall quality of the two schemes is similar, while RobustMPC+CBF has

more rebuffering than QUAD (it has rebuffering in 23% of the runs, compared to only

4% in QUAD). For both videos, the average quality change per chunk under QUAD

is much lower compared to RobustMPC+CBF: 7 under QUAD for both videos, com-

pared to 10 and 13 under RobustMPC+CBF. The overall quality of PANDA/CQ+CBF

is comparable to that of QUAD for both videos, but has significantly more rebuffering,

higher quality changes, and uses more data.

4.8.2 dash.js based Evaluation

Using our developed QUAD in dash.js (version 2.4.1), we compare its performance

with BOLA-E [11] and BOLA-E+CBF. The original BOLA-E design takes a single

bitrate rate for each track, which is suitable for CBR videos; for VBR videos, we im-

proved the design by using the actual chunk sizes in the ABR logic based on [11].

Our evaluation below uses two computers (Ubuntu 12.04 LTS, CPU Intel Core 2 Duo,
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Fig. 4.11: QUAD vs. two existing schemes with CBF (ED, BBB, YouTube encoded,

target quality 80).

4GB memory) with a 100 Mbps direct network connection to emulate the video server

(Apache httpd) and client. At the client, we use selenium [75] to run a Google

Chrome web browser and use dash.jsAPIs to collect the streaming performance data.

We use tc to emulate real-world variable mobile network conditions by “replaying” the

network traces (§4.6). We find QUAD is very light-weight. With the current prototype,

the total execution time of QUAD is only about 10ms for a 10mins video.

Fig. 4.12 shows the performance of QUAD, BOLA-E, and BOLA-E+CBF for

one video with target quality 80. We observe that BOLA-E+CBF significantly outper-

forms BOLA-E in all performance metrics. QUAD further outperforms BOLA-E+CBF

in achieving 37% reduction in average percentage of low-quality chunks and 12% re-

duction in average quality changes across the runs. QUAD has rebuffering in 8% of the

runs, compared to 15% under BOLA-E+CBF. The chunk quality of BOLA-E+CBF is

close to that of QUAD, with data usage close to than that of QUAD. The results for

other videos and target qualities show a similar trend.



115

0 20 40 60 80 100
Quality of all chunks

0

0.2

0.4

0.6

0.8

1

C
D

F

BOLA-E
BOLA-E+CBF
QUAD

0 10 20 30 40
Percentage of low quality chunks (%)

0

0.2

0.4

0.6

0.8

1

C
D

F

0 20 40 60
Total rebuffering (s)

0.4

0.6

0.8

1

C
D

F

0 5 10 15
Avg quality change (/chunk)

0

0.2

0.4

0.6

0.8

1
C

D
F

0 20 40 60
Total Data Usage (MB)

0

0.2

0.4

0.6

0.8

1

C
D

F
Fig. 4.12: QUAD vs. BOLA-E with and without CBF in dash.js (ED, YouTube en-

coded, target quality 80).

4.8.3 ExoPlayer based Evaluation

We compare the performance of QUAD (using our implementation) with Exo (the de-

fault ABR algorithm, see §4.6, with and without CBF) in ExoPlayer (version 2.4.4).

The client is an LG V20 phone (Qualcomm Snapdragon 820, 64GB storage and 4 GB

RAM) with Android 7.0. The experiments are conducted over a WiFi network (with

consistent tens of Mbps bandwidth). We again emulate the 50 challenging cellular

network traces (§4.6) by “replaying” the traces.

Fig. 4.13 shows the results for two variants of Exo: the first using the default pa-

rameters, and the second (referred to as ExoTuned) using tuned parameters to improve

its quality. In the first variant (i.e., the default ABR logic), the downloading stops when

the buffer level reaches 30 seconds and resumes when the buffer is less than 15 sec-

onds. In ExoTuned, the parameters are set so that the player stops downloading when

the buffer reaches 120 seconds (the value we have used for other schemes, see §4.6),

and resumes downloading when the buffer level drops to 105 seconds. Correspond-

ingly, the two parameters for QUAD are set to 120 and 105 seconds as well. We see
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Fig. 4.13: QUAD vs. Exo with and without CBF in ExoPlayer (ED, YouTube encoded,

target quality 80).

that ExoTuned indeed achieves better performance compared to Exo since the larger

buffer allows the player to download and store more content in the buffer. For both Exo

and ExoTuned, adding CBF avoids downloading chunks with excessively high qual-

ity, which reduces rebuffering and the data usage (for these two schemes, adding CBF

does not lead to much improvement in quality since their quality selections are already

quite conservative). We further see that QUAD significantly outperforms all Exo vari-

ants. Compared to Exo, QUAD reduces the average deviation from the target quality

by 64%, reduces the average percentage of low-quality chunks across all runs by 81%,
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Table 4.3: In-the-wild tests using ExoPlayer.

Avg. dev.

from

target

quality

Avg. % of

low

quality

chunks

Avg.

stall

dura.

(s)

Avg.

quality

change

Data

usage

(MB)

Low

bw.

19.5±6.1

20.0±6.2

11.9±2.9

17.3±10.2

14.2±8.5

6.5±3.7

2.4±4.6

0

0

7.8±0.9

8.5±1.1

5.6±1.2

26.1±6.5

21.0±4.3

28.8± 3.7

High

bw.

17.9±0.6

3.9±0.1

4.2±0.1

0

0

0

0

0

0

1.5±0.3

5.0±0.1

4.6±0.1

181.0±9.9

47.7±0.6

45.2±0.1

* The three rows in each cell are the results for ExoTuned,

ExoTuned+CBF, and QUAD, respectively.

reduces the average rebuffering (over of the subset of runs where either algorithm has

rebuffering) by 86%, and reduces the average quality change across the runs by 43%.

Compared to ExoTuned+CBF, the corresponding reductions in the deviation from the

target quality, the average percentage of low-quality chunks, and the quality changes

are 40%, 46%, and 22%, respectively, albeit QUAD uses more data.

4.8.4 In-the-wild Tests

So far, our evaluation has been through large-scale trace-driven simulation and exper-

imentation using real systems. We next present in-the-wild test results, by running

QUAD and ExoTuned (which outperforms Exo) over a commercial LTE network. The

video we use is ED (YouTube encoded). We consider two settings, one with poor signal

conditions and hence low bandwidth (consistently less than 1Mbps and unstable), and

the other with good signal conditions and hence high bandwidth. The first setting is in a

residential home, and the second one is in an office building. For each setting, we make

10 runs, each consisting of three schemes (QUAD, ExoTuned and ExoTuned+CBF, in
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a random order). The results are shown in Table 4.3, which lists the mean and standard

deviation across the runs for each case. Under high bandwidth conditions, compared to

ExoTuned alone, we see significant benefits of CBF and QUAD in reducing data usage

and achieving quality close to the target quality. Under low bandwidth conditions, the

results exhibit more variations due to the fluctuating network bandwidth caused by the

poor signal strength. Despite that, compared to ExoTuned, we still observe that CBF

significantly reduces the percentage of low-quality chunks, and QUAD achieves the

best QoE overall. ExoTuned+CBF and QUAD have no rebuffering, while ExoTuned

shows non-negligible rebuffering duration for the 10-minute video.

4.9 Related work

Improving Video QoE. In addition to the schemes already described in §4.6, QDASH [90]

tries to reduce quality switches during adaptation. BBA [14] proposes adaptation

schemes based on client-side buffer information. PIA [56] designs a PID-based frame-

work to account for various requirements of ABR streaming. Pensieve [35] proposes

a system that generates ABR algorithms using reinforcement learning. Oboe [36] pre-

computes the best possible ABR parameters for different network conditions and dy-

namically adapts the parameters at run-time. CAVA [91] proposes design principles

for VBR-based ABR streaming and a concrete scheme that instantiates these design

principles. PANDA/CQ [27] directly incorporates video quality information in ABR

streaming and maximizing QoE by dynamic programming. The study in [92] out-

lines the challenges and open issues in consistent-quality streaming such as the scheme

in [27]. None of the above studies explicitly considers data efficiency.

Reducing Data Usage. A number of studies have proposed techniques for re-

ducing data in the content encoding process. Chen et al. [71] propose an optimization

framework to identify the optimal encoding bitrates that minimize the average stream-

ing bitrate, subject to a given lower bound on delivered quality. De Cock et al. [86]

present a constant-slope rate allocation approach to improve the Bitrate-Distortion rate.
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Aaron et al. [59] propose per-title encoding, i.e., each title should receive a bitrate

ladder, tailored to its complexity characteristics. Katsavounidis et al. [93] develop a dy-

namic optimizer framework that searches for optimized encoding parameters. Toni et

al. [94] determine the optimal selection of tracks for encoding. Our work differs from

the above by jointly improving video QoE and reducing data usage in the streaming

process. Therefore, our work is orthogonal to those on reducing data in the encoding

process, and can complement those efforts.

The study in [95] manages the tradeoff between monthly data usage and video

quality by leveraging the compressibility of videos and predicting consumer usage be-

havior throughout a billing cycle. Our study differs from it in that we consider the data

usage and quality tradeoffs when streaming a video. The study in [96] observes that,

for some chunks, lower bitrate tracks may be of similar perceptual quality as higher

bitrate tracks. Given a set of encoded ABR tracks, it proposes to perform a server-side

chunk replacement (within the same resolution) so that a higher bitrate chunk can be

replaced by a lower bitrate chunk with a perceptually similar quality. Unlike our work,

this study does not perform an in-depth exploration of how their approach interacts with

existing ABR rate adaptation algorithms. QBR [97] aims to improve the efficiency of

existing ABR schemes by reducing the data usage while potentially increasing QoE.

Specifically, a QBR server provides additional metadata hints to a client, allowing the

client to request a reduced bitrate for chunks of low complexity. QBR is not designed

to achieve a target quality based on a user-specified option. In addition, it does not

provide a grounds-up design as QUAD.

4.10 Summary

Existing data saving practices for ABR videos often incur undesired and highly variable

video quality, without making the most effective use of the available network band-

width. In this chapter, we identify underlying causes for this behavior and design two

novel approaches, CBF and QUAD, to achieve better tradeoffs among video quality,
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rebuffering, quality variations, and cellular data usage. Evaluations demonstrate that

compared to the state of the art, these two schemes achieve quality closer to desired

levels, lower stalls, and more efficient data usage. Specifically, using CBF with existing

schemes leads to significant benefits in all performance metrics, and QUAD achieves

even better QoE compared to existing schemes enhanced with CBF.

Aligned with this work, we further propose a novel framework for quality-aware

Adaptive Bitrate (ABR) streaming involving a per-session data budget constraint. Un-

der the framework, we develop two planning based strategies, one for the case where

fine-grained perceptual quality information is known to the planning scheme, and an-

other for the case where such information is not available. More details can be found at

[98].



Chapter 5

ABR Streaming with Separate Audio and Video Tracks:

Measurements and Best Practices

5.1 Introduction

Little is known on how best to mesh together audio and video rate adaptation in ABR

streaming. In this chapter, we first examine the current practice in the predominant

DASH [4] and HLS [3] protocols and three popular players, ExoPlayer [30], Shaka

Player [99], and dash.js player [53] (see §5.2). Using a combination of code inspec-

tion and experiments, we identify a number of limitations in existing practices both in

the protocols and the player implementations (see §5.3). We identify the root causes

of these limitations, and present a set of best practices and guidelines (see §5.4). Our

work makes the following contributions:

• We find that all three players have various issues in handling demuxed audio and

video tracks (§5.3). These issues are not simple implementation bugs, but rather arise

due to a confluence of sometimes subtle interacting factors, ranging from a lack of suf-

ficient insights, design/engineering inadequacies to architectural deficiencies. Specifi-

cally, these issues include (i) limitations in how DASH/HLS handles demuxed content,

(ii) player designs to circumvent the limitations in DASH/HLS, (iii) little understood

differences between HLS and DASH with important implications, (iv) attempts in ap-

plying the same player logic designed for one protocol (DASH/HLS) to the other, and

(v) inadequate attention to synchronizing a player’s video and audio downloading.

• Our findings demonstrate that meshing together audio and video rate adaptation is

121



122

a very challenging problem – it involves many pieces (in ABR protocols, server and

player designs) and needs a holistic solution. As a starting point in addressing the chal-

lenges, we provide a set of best practices and guidelines (§5.4) for the ABR protocol

level (manifest file specification enhancements), the server side (appropriately using

manifest to convey needed information to the client), and the player side (audio/video

prefetching, and joint adaptation for audio and video).

Note that in this work we consider coordinated ABR rate adaptation for streaming

demuxed video and audio to the same user to maximize QoE. The demuxed video and

audio tracks may be located at different servers and hence may not necessarily share the

same bottleneck link. This problem is very different from the multi-user rate adaptation

problem where videos are streamed to multiple users while sharing the same bottleneck

link [34, 100, 101, 102].

We hope that our study brings the problem of ABR streaming with demuxed

audio and video tracks to the community’s attention With coordinated efforts, we hope

that the community can come up with effective solutions soon.

5.2 Motivation and Methodology

5.2.1 Motivation

One way of treating demuxed audio and video tracks is determining their rate adaptation

independently, and combining the audio and video chunks at playback time. While this

approach is easy to implement, it has two major drawbacks. First, it can lead to some

audio and video combinations that are clearly undesirable (e.g., lowest quality audio

with highest quality video, or vice versa). Second, it can cause the prefetched audio

and video streams to be severely unbalanced, e.g., audio (resp. video) buffer underruns

and hence leads to stalls, while there is a lot of prefetched data for the corresponding

video content (resp. audio).

Although the audio/video rate adaptation is decided by the player at the client,

we argue that the server needs to provide sufficient information to facilitate the deci-
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sion. Determining a good set of audio and video combinations is not a trivial task. It

depends on the nature of the specific content, device characteristics (e.g., screen size,

sound system), and the business rules encoding the content provider’s preferences for

that content. For instance, for music shows, the sound quality may be relatively more

important than video quality, and hence it might be more desirable to combine high

audio tracks with low/medium video tracks; while for an action movie, the desirable

combinations may be the opposite. The origin server knows the content information,

client device types, and the business rules, and hence is at a better position for deciding

the combinations. Ideally, the server can determine a good set of audio and video com-

binations beforehand, and pass the information to the player through the manifest file

or other out-of-the-band mechanisms.

5.2.2 High-level Methodology

To understand the current practice for handling demuxed audio and video tracks, we ex-

amine both predominant ABR streaming protocols (DASH and HLS) and the treatment

in three open-source popular players, specifically, ExoPlayer [30] and Shaka [99] that

are widely used in industry, and dash.js [53] that showcases the DASH standard. For

each player, our focus is on understanding the interaction between audio and video rate

adaptation and their impact on each other. Specifically, we use a combination of source

code analysis (all the three players are open-source players) and controlled experiments

(with additional instrumentation in the source code when necessary). The combined ap-

proach is necessary because as a large-scale often multithreaded software system, the

player source code contains a large number of interlocking components with complex

interactions, and just code analysis by itself may not be sufficient to understand the

behavior of the system. The controlled experiments therefore play a crucial role in

profiling the overall behavior and also help us to confirm our understanding. While

our study focuses on these three players, our findings of specific issues (§5.3) in these

players have wide applicability to the services that use these players. Our best practice
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recommendations (§5.4) are not player specific; we expect them to be widely applicable

to any ABR streaming service.

5.2.3 ABR Streaming Protocols

DASH [4] and HLS [3] are the two predominant ABR streaming protocols. Both of

them now support demuxed audio and video tracks. The DASH protocol defines an

Adaptation Set as a set of interchangeable encoded versions of one or several media

content components. For demuxed audio and video tracks, it defines one Adaptation Set

for video tracks and another set for audio tracks. A bandwidth attribute is associated

with each track (termed Representation in DASH) to declare the required bandwidth

(which is close to the peak bitrate; see one example in Table 5.1). In HLS, a top-

level master playlist uses the EXT-X-STREAM-INF tag to specify an audio and video

track combination (termed Variant in HLS). With HLS, one can specify all possible

combinations or a subset thereof. A BANDWIDTH attribute is associated with a video

and audio track combination to declare the aggregate bandwidth requirement of the

combination (which is the sum of the peak bitrates of the audio and video tracks in the

combination). In the rest of the chapter, depending on the context, the phrase bandwidth

requirement refers to the bandwidth attribute in DASH or BANDWIDTH attribute in

HLS.

There are some key differences between DASH and HLS specifications in terms

of how they treat demuxed audio and video tracks. These differences have important

implications for both player ABR logic design and the resulting QoE. One key differ-

ence is that DASH does not provide a mechanism for a content provider to specify only

the desired subset of audio and video track combinations, while HLS provides an ex-

plicit mechanism to do so. Therefore, DASH provides a player more freedom to select

combinations from the available audio and video tracks, potentially making it more

vulnerable to choosing undesirable combinations (see §5.3).

Another key difference between DASH and HLS is that DASH specifies the band-
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width requirements of individual audio and video tracks, while HLS top-level manifest

only supports specifying the aggregate bandwidth requirement of each audio and video

track combination. This difference should be recognized by the player to avoid unde-

sirable behaviors, as we shall see later.

5.2.4 Players

We focus on three widely used and open-source players, ExoPlayer (v2.10.2) [30],

Shaka Player (v2.5.1) [99], and dash.js player (v2.9.3) [53], and try to understand

their behaviors towards audio and video rate adaptation using their latest versions. Ex-

oPlayer is a widely used application level media player for Android platforms. More

than 140,000 applications in Google Play Store use ExoPlayer to play media [103].

Shaka Player is an open-source JavaScript library for adaptive media, and has been

used by more than 1,600 websites [104]. dash.js is an open-source JavaScript based

player and is the reference player maintained by the DASH Industry Forum. ExoPlayer

and Shaka Player support both DASH and HLS streaming; dash.js only supports

DASH.

5.3 Practice of Popular Players

5.3.1 Experimental Setup

In the experiments below, we use a drama show downloaded from YouTube using

youtube-dl [61]. It is around 5 minutes long, containing 6 video tracks and 3 au-

dio tracks. Table 5.1 lists the average and peak bitrates of the video and audio tracks,

as well as other key characteristics. The bitrate ladder in Table 5.1 is commonly used

by YouTube [105]; the issues we point out below are related to the bitrate ladder (not

particular to the specific content), and hence are broadly applicable.

We use the Bento4 toolkit [106] to create two sets of manifest files, complying

respectively with DASH and HLS standards. For DASH, we create one manifest file,

with the six video tracks and three audio tracks specified in two Adaptation Sets. The
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Table 5.1: Video and audio of a YouTube drama show.
Audio/ Average Peak Declared Audio channels,

Video Bitrate Bitrate Bitrate for sampling rate

Track (Kbps) (Kbps) DASH (Kbps) Video resolution

A1 128 134 128 2 channels, 44 kHz

A2 196 199 196 6 channels, 48 kHz

A3 384 391 384 6 channels, 48 kHz

V1 111 119 111 144p

V2 246 261 246 240p

V3 362 641 473 360p

V4 734 1190 914 480p

V5 1421 2382 1852 720p

V6 2728 4447 3746 1080p

declared bitrate for each audio/video track is shown in Table 5.1. For HLS, we create

two manifest files. The first, Hall, specifies all 18 combinations of video and audio

tracks1; the second, Hsub, specifies a subset of 6 combinations, i.e., V1+A1, V2+A1,

V3+A2, V4+A2, V5+A3, V6+A3, where high quality video tracks are associated with

high audio quality tracks, and vice versa. The bitrates (both peak and average bitrates)

for the combinations contained in these two manifest files are listed in Tables 5.2 and

5.3.

Table 5.2 lists the full set of the 18 audio and video combinations for the drama

show in Table 5.1. They are the combinations listed in the HLS manifest file Hall. For

each combination, the peak bitrate is the sum of the peak bitrates of the audio and video

tracks; the average bitrate is sum of their average bitrates. The combinations are placed

1 While HLS provides a mechanism to specify a subset of video and audio combinations, it does not

have an explicit recommendation that only carefully curated combinations should be specified. A content

provider may choose to list all the combinations; we use Hall to illustrate the issues that may arise from

such practices.
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in increasing order of the peak bitrate.

Table 5.3 lists a subset of 6 audio and video combinations for the drama show

in Table 5.1. They are the combinations listed in the HLS manifest file Hsub. For each

combination, both the peak and average bitrates are listed in the table.

For controlled experiments, we set up a HTTP server as the origin server. The

network bandwidths from the server to client are controlled by using tc [76] at the

server. Our goal here is to identify demuxed audio-video related performance problems

for each player, not to compare the performance across the multiple players. Therefore,

we choose the experimental settings targeting the different issues of the different play-

ers. Whenever appropriate, we choose fixed network bandwidths, since the behavior of

a player is more easily understood under such bandwidth profiles.

5.3.2 ExoPlayer

ExoPlayer adopted joint audio and video rate adaptation only very recently (starting

from version v2.10.0, released in May 2019). Prior to that, it did not support simulta-

neous audio and video rate adaptation. Specifically, for multiple demuxed video and

audio tracks, it selected a fixed audio track and used it throughout the session with-

out any audio rate adaptation. In the following, we use ExoPlayer version v2.10.2, the

latest version that is publicly available.

DASH. Since a DASH manifest file does not restrict the combinations of audio

and video tracks that can be selected, ExoPlayer designs a specific logic that uses the

per-track declared bitrate in the manifest file to determine a subset of combinations that

combines higher bitrate/quality audio tracks with higher bitrate/quality video tracks.

Specifically, for the audio and video tracks listed in Table 5.1, the resultant combi-

nations, in increasing order of bandwidth requirement, are V1+A1, V2+A1, V2+A2,

V3+A2, V4+A2, V4+A3, V5+A3, and V6+A3, where two adjacent combinations have

either the same video or audio track. We refer to these combinations as the predeter-

mined combinations by ExoPlayer. The subsequent rate adaptation process only consid-
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ers these predetermined combinations. Specifically, during rate adaptation, the player

estimates the available network bandwidth by considering both video and audio down-

loading, and conservatively assumes that the actual network bandwidth is 75% of the

estimated bandwidth. It then selects an audio and video combination out of the pre-

determined combinations (based on the bitrate of each of the combinations, network

bandwidth estimate, and the buffer status).

The above treatment has the following limitation. The predetermined combina-

tions by ExoPlayer, while may be reasonable for some bitrate ladder or content types,

may not be suitable for others. As an example, for the above drama show, it may be

desirable to allow V5+A2 (i.e., high quality video with medium quality audio), which

is, however, not in the predetermined combinations, and hence will not be selected by

ExoPlayer.

We next further illustrate the above point using two experiments. In the first

experiment, we create an audio adaptation set with three audio tracks B1, B2 and B3

with the declared bitrate as 32, 64 and 128 Kbps, respectively. The video tracks are the

same as listed in Table 5.1. In this case, the predetermined combinations are V1+B1,

V2+B1, V2+B2, V3+B2, V4+B2, V5+B2, V5+B3, and V6+B3. The network band-

width is fixed at 900 Kbps. Fig. 5.1(a) plots the average bitrate of the selected tracks.

We see that V3+B2 is selected, while V3+B3 would be a better choice, since it has

higher audio quality, and its bandwidth requirement (601 Kbps) is below the available

network bandwidth. This more desirable combination (V3+B3) is, however, not in

the predetermined combinations, and hence will not be selected. In the second exper-

iment, we switch the audio adaptation set to three audio tracks with relatively higher

bitrate, referred to as C1, C2 and C2 with the declared bitrate as 196, 384 and 768

Kbps, respectively. In this case, the predetermined combinations are V1+C1, V2+C1,

V2+C2, V3+C2, V4+C2, V5+C2, V5+C3, and V6+C3. Fig. 5.1(b) shows that Exo-

Player selects V2+C2, resulting in very low video quality and high audio quality. The

combination V3+C1 would be a better choice (V3+C1 has declared video and audio
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Fig. 5.1: ExoPlayer results (DASH).

bitrates as 473 and 196 Kbps, respectively, versus 246 and 384 Kbps in V2+A2), which

is however not in the predetermined combinations.

While clearly undesirable, the root cause of the above problem flows from a lim-

itation in the DASH standard. As we mentioned in §5.2, the server is better placed

to specify the desirable set of video and audio combinations. However, the DASH

standard lacks such specifications. The DASH client, typically lacks detailed domain

knowledge of the content being streamed, and therefore is forced to either (i) consider

all possible combinations of video and audio track variants, or (ii) apply its own policy

to determine a subset of combinations (as in ExoPlayer). Both approaches have draw-

backs. The former can lead to a player selecting an unsuitable combination for a certain

type of content, while the latter can potentially exclude desirable combinations of audio

and video tracks for a content.

HLS. ExoPlayer uses the same rate adaptation code for both DASH and HLS.

In contrast to the behavior with DASH, for HLS, this unfortunately leads to selecting a

fixed audio track. In the following, we first illustrate this behavior using experiments

and then explain the root cause.

In the first experiment, we specify a subset of audio and video combinations,

Hsub, in the top-level master playlist; the first audio track in the manifest file is A3

(i.e., the highest bitrate/quality audio track). The network bandwidth is set to be time-
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Fig. 5.2: ExoPlayer results (HLS).

varying, with the average as 600 Kbps. The evolution of the selected audio and video

tracks is shown in Fig. 5.2(a); the audio and video buffer levels over time are shown in

Fig. 5.2(b). We note that ExoPlayer selects A3 throughout the playback, resulting in 5

stall events and 36.9 seconds of rebuffering (marked as the shaded regions). In addition,

the ABR selection has the effect of disobeying the subset of audio and video combina-

tions specified in the HLS manifest as it selects some combinations (e.g., V1+A3) that

are not in the specified subset. In the second experiment, we modify the manifest file

so that A1 (the lowest quality audio track) is listed as the first audio track and fix the

network bandwidth to 5 Mbps. ExoPlayer selects A1 throughout the playback despite

plenty of available network bandwidth (figures omitted), leading to unnecessarily poor

audio QoE.

What causes such behavior? Inspecting the ExoPlayer source code, we find that

it is due to the lack of specification of the individual audio and video track’s bitrate in-

formation in the top-level manifest file, which is needed by ExoPlayer to predetermine

a subset of audio and video combinations. To accommodate the lack of this informa-

tion, ExoPlayer simply assumes that all the audio tracks have the same quality, thereby

leading to a fixed audio track selection. For a video track, it uses the aggregate bitrate

of the first variant in the top-level manifest file that contains this video track as its bi-

trate, which is clearly an overestimation. The overestimation will be even more severe

when the order of the variants is not specified properly (i.e., the first variant for a video
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Fig. 5.3: Shaka Player results (HLS).

track contains the video track and the highest bitrate audio track). In §5.4.1, we outline

practical solutions to this problem.

5.3.3 Shaka Player

HLS. We use two experiments with the HLS manifest file Hall to understand the behav-

ior of Shaka Player. In the first experiment, the network bandwidth is set to a constant 1

Mbps. Fig. 5.3(a) shows that the bandwidth estimated by Shaka is a constant 500 Kbps,

only half of the actual specified network bandwidth. As a result, V2+A2 (with aggre-

gate peak bitrate of only 460 Kbps) is selected. In the second experiment, the specified

network bandwidth is dynamic (with the average as 600 Kbps, see Fig. 5.3(b)). In this

case, Shaka first underestimates the network bandwidth, and then overestimates the

bandwidth starting around 50 s. Correspondingly, the selected video and audio tracks

are initially low (V2+A2), and then overly high (V3+A3), leading to a total rebuffering

of 39 s. Inspecting the player code, we find that the above undesirable behaviors are

due to Shaka’s network bandwidth estimation algorithm. Specifically, Shaka uses past

video and audio downloading throughputs as samples to estimate the bandwidth. It

treats video and audio downloading separately. While downloading a video track (the

same applies to audio downloading), Shaka considers each interval (δ = 0.125s), cal-

culates the amount of data d downloaded in that interval, and only counts the resultant
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throughput as a valid sample if d ≥ 16 KB. To estimate the overall available network

bandwidth, it considers a set of samples {c1, . . . , cn}, where ci is the throughput from

either video or audio downloading, and sets the estimated bandwidth as an exponen-

tial weighted average of these samples. For time intervals when the audio and video

streams are being concurrently downloaded over a shared network bottleneck link, the

above strategy will severely underestimate the available network bandwidth. In addi-

tion, the filtering rule (i.e., only consider samples with d ≥ 16 KB) itself can lead to

bandwidth underestimation or overestimation, depending on the network conditions. In

the first experiment above, none of the throughput samples satisfies the filtering rule,

and hence the default bandwidth estimation of 500 Kbps is used throughout the stream-

ing session. In the second experiment, only the throughput samples under high network

bandwidth satisfy the rule, while those under low network bandwidth are discarded,

leading to significant bandwidth overestimation.

Another issue is that Shaka uses a simple rate based adaptation scheme (i.e.,

selects the combination with the bandwidth requirement closest to the estimated band-

width), which can cause the selected audio and video tracks to fluctuate frequently even

if the bandwidth estimation is accurate. The above fluctuation problem is more severe

for the case of demuxed audio and video since a large number of audio and video

combinations may have close bandwidth requirements. For example, suppose mani-

fest file Hall is used and the estimated network bandwidth varies between 300 to 700

Kbps. Then the selected combinations can fluctuate among V1+A2, V2+A1, V2+A2,

V1+A3 and V2+A3, with bandwidth requirements as 318, 395, 460, 510 and 652 Kbps,

respectively.

DASH. Under DASH, since no combinations of audio and video tracks are spec-

ified in the manifest file, the player creates all the combinations of video and audio

tracks when parsing the DASH manifest file. Therefore, the result is the same as that

for HLS when using manifest file Hall.
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5.3.4 dash.js Player

The default ABR algorithm used in dash.js is DYNAMIC [37], which switches be-

tween two schemes, THROUGHPUT and BOLA. THROUGHPUT is a rate based approach that

chooses tracks whose declared peak bitrates are close to the estimated bandwidth. BOLA

is a buffer based approach that optimizes a utility function [11]. DYNAMIC starts by us-

ing THROUGHPUT rule. It switches to BOLA when the buffer level is above 12 s and BOLA

selects a bitrate at least as high as that selected by THROUGHPUT; it switches back to

THROUGHPUT if the buffer is less than 6 s and BOLA selects a bitrate lower than that

selected by THROUGHPUT.

Examination of the source code of dash.js shows that it utilizes DYNAMIC strat-

egy for both audio and video, and performs rate adaptation for audio and video sepa-

rately. In addition, the bandwidth estimation for audio (video) is based on past audio

(video) downloading only. Fig. 5.4 plots the results when using a fixed network band-

width of 700 Kbps. We see that the selected video and audio combinations includes

V2+A3, V2+A2, V2+A3 and V3+A3. Some of these combinations are clearly un-

desirable, e.g., V2+A3. The combination, V3+A2, fits the network bandwidth profile

(it actually has lower bandwidth requirement than V2+A3), while it has higher video

quality and slightly lower audio quality than V2+A3, which might be more preferable

from the user perspective for the drama show. We further see from Fig. 5.4(b) that the

buffer levels for audio and video can be unbalanced, which is undesirable since when

one of them underruns, stalls will happen, even if there is a lot of content in the other

buffer.

5.3.5 Summary of Findings

In summary, we observe the following problems with current ABR streaming protocols

and player implementations.

•When a player does not perform rate adaptation for audio (e.g., ExoPlayer for HLS),

it can lead to poor performance (e.g., a large amount of rebuffering). Therefore, it is
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Fig. 5.4: dash.js results (DASH).

desirable to perform rate adaptation for both audio and video.

• Some players select undesirable audio and video combinations, which can lead to

poor viewing quality (e.g., the lowest video and highest audio tracks). The problem

is more severe for DASH, which does not provide a mechanism to specify a subset of

desirable audio and video combinations, making the player more vulnerable to selecting

bad combinations.

• Some players make the rate adaptation decisions for audio and video completely

independently (e.g., dash.js). Considering audio and video jointly is better than con-

sidering them independently. But considering them jointly in an overly simplistic way

is also not desirable (e.g., the practice in Shaka player can lead to frequent audio/video

track changes).

• Some players do not synchronize audio and video downloading explicitly (e.g., dash.js).

This can lead to unbalanced content in video and audio buffers. Since we need both

video and audio in the playback, having a lot more content in video/audio is not help-

ful. Instead, it is more desirable to synchronize them on a finer granularity (e.g., on per

chunk level as in ExoPlayer).

• An HLS manifest can specify a subset of audio and video combinations, but some

players do not conform to the manifest file. For example, ExoPlayer may select some

bad combinations that are not in the manifest file.
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5.4 Suggested Best Practices

Based on the analysis in §5.3, we suggest the following best practices for demuxed

audio and video tracks for the server side as well as the player side.

5.4.1 Server Side Manifest Specifications

Audio and video combinations. The content provider should identify desirable com-

binations of audio and video tracks based on content type and domain expertise, and

specify these combinations in the manifest file. A player should only select chunks from

the allowed combinations. This practice provides the following advantages: (i) allows

the content owner to specify combinations that are suitable for the specific content (e.g.,

music video v.s. action movie) and devices (considering screen size, connected sound

system, e.g., speaker or headphone), and (ii) simplifies the rate adaptation task for the

player. HLS already supports this capability to include specific combinations in the

manifest file. However it is important for the content provider to utilize and leverage

this capability appropriately, and not specify all possible combinations unless they are

all desirable. Unlike HLS, DASH at present does not offer a way to list only specific

allowed combinations in the manifest. A practical short term workaround would be for

the client to get this additional information from the server using HTTP. In the longer

term, the DASH specification can be expanded to support this feature.

Audio and video bandwidth declaration. In the manifest file, it would be good to

specify sufficient information about the aggregate bandwidth requirements of audio and

video combinations, as well as the bandwidth requirements of individual audio/video

tracks. This is particularly important when audio and video are fetched over different

network paths that have different network characteristics (e.g., when they are stored at

different servers). Currently, DASH specifies the bandwidth for each audio and video

track, and the aggregate bandwidth requirement for audio and video combinations (if

provided following the earlier suggestion) can be calculated from the individual tracks.
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In HLS, the top-level master playlist only specifies the aggregate bitrate for each spec-

ified audio and video combination. The bitrate of each individual audio/video track

is not in the top-level master playlist, but can be obtained from the second-level media

playlists as follows (commercial players only use the information to identify the content

address for an already selected chunk): (i) When all the video/audio chunks are pack-

aged into a single file, the media playlists specify the EXT-X-BYTERANGE informa-

tion (i.e., the start and end byte positions), which can be used to obtain the audio/video

bitrate, as pointed out in [107]. (ii) When each video/audio chunk is packaged into an

individual file, no byte range information is provided in the media playlists. However,

HLS recently added an optional EXT-X-BITRATE tag that can be used to obtain per-

chunk bitrate. We recommend that this option should be made mandatory. In addition,

for both of the above two cases in HLS, since the information required for computing

the per-track bitrates is in the second-level manifest files, we suggest that the player

should download these files and read the information before making rate adaptation

decisions2. A more robust longer term solution is to enhance the HLS specification so

that the top-level master playlist directly provides per-track audio and per-track video

bitrate information.

5.4.2 Player Side ABR Logic

Adopt audio rate adaptation. For dynamic network bandwidth scenarios, it is im-

portant to perform audio rate adaptation. High quality audio tracks can have similar

or even higher bitrates than lower-rung video tracks. Audio rate adaptation is just as

important as video rate adaptation to avoid adverse impact on QoE (e.g., rebuffering as

observed in §5.3.2 or low audio quality).

Select only from allowed audio and video combinations. The ABR logic should only

2 We suggest avoiding the practice of “lazy” fetching, which only fetches the playlist manifest file

for a track when a chunk from that track has been selected, at which point the player needs to know the

address of that chunk.
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select from the set of allowed audio and video combinations if provided by the server

(e.g., via manifest file or certain out-of-band mechanism). As mentioned in §5.4.1,

the allowed combinations reflect the desirable combinations between audio and video

based on the content. Therefore, it is important for the client to select only from those

combinations.

Joint adaptation of audio and video. We suggest that the selection of the audio and

video tracks for each chunk position (in playback order) be considered jointly. For both

video and audio rate adaptation, it is desirable to satisfy conflicting goals in maximizing

quality, minimizing stalls and minimizing quality variation. Since the selection of audio

and video is inherently coupled (so that good combinations of audio and video tracks

are chosen), we recommend considering the combinations of audio and video (i.e.,

those specified in the manifest file if provided) while making rate adaptation decisions,

instead of considering audio and video individually. The rate adaptation should be done

carefully to avoid frequent changes in either audio or video tracks.

Maintain balance between audio and video prefetching. It is desirable to keep the

audio and video buffer levels (in seconds) balanced. This is because either empty

audio or video buffer leads to stalls. The balance can be achieved by synchronizing

the duration of prefetched audio and video content at a fine granularity, e.g., at the

chunk level or in terms of a small number of chunks.

5.5 Summary

In this chapter, we examined the handling of ABR adaptation for demuxed video and

audio tracks in predominant ABR streaming protocols (DASH and HLS), and in three

popular ABR players. We identified a number of limitations in existing practices that

can adversely impact user QoE, and traced their root causes. We then proposed a num-

ber of best practices and principles for the server, ABR streaming protocols and client.

We hope these findings will encourage further studies on this important topic.
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Table 5.2: Bitrates of the full set of audio and video combinations (used in HLS mani-

fest file Hall).

Video/Audio Average Bitrate Peak Bitrate

Combination (Kbps) (Kbps)

V1 + A1 239 253

V1 + A2 307 318

V2 + A1 374 395

V2 + A2 442 460

V1 + A3 495 510

V2 + A3 630 652

V3 + A1 490 775

V3 + A2 558 840

V3 + A3 746 1032

V4 + A1 862 1324

V4 + A2 930 1389

V4 + A3 1118 1581

V5 + A1 1549 2516

V5 + A2 1617 2581

V5 + A3 1805 2773

V6 + A1 2856 4581

V6 + A2 2924 4646

V6 + A3 3112 4838
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Table 5.3: Bitrates of a subset of audio and video combinations (used in HLS manifest

file Hsub).

Video/Audio Average Bitrate Peak Bitrate

Combination (Kbps) (Kbps)

V1+A1 239 253

V2+A1 374 395

V3+A2 558 840

V4+A2 930 1389

V5+A3 1805 2773

V6+A3 3112 4838
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Conclusion and Future Work

In this dissertation, we first take a fresh look at PID-based bit rate adaptation and design

a framework called PIA (PID-control based ABR streaming) that strategically leverages

PID control concepts and incorporates several novel strategies to account for the various

requirements of ABR streaming. The evaluation results demonstrate that PIA outper-

forms state-of-the-art schemes in providing high average bitrate with significantly lower

bitrate changes and stalls, while incurring very small runtime overhead. We further de-

sign PIA-E (PIA Enhanced), which improves the performance of PIA in the important

initial playback phase.

As streaming providers have been moving towards using Variable Bitrate (VBR)

encodings for the video content, we identify distinguishing characteristics of VBR en-

codings that impact user QoE and should be factored in any ABR adaptation decision

and find that traditional ABR adaptation strategies designed for the CBR case are not

adequate for VBR. We develop novel best practice design principles to guide ABR rate

adaptation for VBR encodings. As a proof of concept, we design a novel and practical

control-theoretic rate adaptation scheme, CAVA (Control-theoretic Adaption for VBR-

based ABR streaming), incorporating these concepts. Extensive evaluations show that

CAVA substantially outperforms existing state-of-the-art adaptation techniques.

We also explore quality-aware strategies for optimizing QoE while saving data.

We analyze the underlying causes for suboptimal existing data saving practices and

propose novel approaches to achieve better tradeoffs between video quality and data

140
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usage. The first approach is Chunk-Based Filtering (CBF), which can be retrofitted

to any existing ABR scheme. The second approach is QUality-Aware Data-efficient

streaming (QUAD), a holistic rate adaptation algorithm that is designed ground up. Our

evaluations demonstrate that compared to the state of the art, the two proposed schemes

achieve consistent video quality that is much closer to the user-specified target, lead to

far more efficient data usage, and incur lower stalls.

We further examine the state of the art in the handling of demuxed audio and

video tracks in predominant ABR protocols (DASH and HLS), as well as in real ABR

client implementations in three popular players covering both browsers and mobile plat-

forms. Combining experimental insights with code analysis, we shed light on a number

of limitations in existing practices both in the protocols and the player implementations,

which can cause undesirable behaviors such as stalls, selection of potentially undesir-

able combinations such as very low quality video with very high quality audio, etc.

Based on our gained insights, we identify the underlying root causes of these issues,

and propose a number of practical design best practices and principles whose collective

adoption will help avoid these issues and lead to better QoE.

As future work, we plan to explore extending CAVA and its concepts to ABR

streaming of live VBR encoded videos, develop data saving strategies that directly take

account of a user’s data budget in ABR decisions. Another direction is to further re-

fine the suggested practices for ABR streaming with separate audio and video tracks,

and design and implement rate adaptation schemes following the suggested practices.

As cellular network infrastructure are upgrading from 4G/LTE to 5G, exploring video

streaming over 5G is a promising research direction based on our work. Finally, some

of my previous works in SDN, quantum internet, quantum encryption and cybersecu-

rity [108, 109, 110, 111, 112, 113, 114, 115, 116, 117, 118, 119, 120, 121] inspire me

that there might be a way to apply new approaches from other fields to video streaming

study.
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