
BALANCING INTERRUPTION FREQUENCY 

AND BUFFERING PENALTIES IN VBR VIDEO 

STREAMING 

BY 

GUANFENG LIANG 

A THESIS SUBMITTED IN CONFORMITY WITH THE REQUIREMENTS 
FOR THE DEGREE OF MASTER OF APPLIED SCIENCE, 

GRADUATE DEPARTMENT OF ELECTRICAL AND COMPUTER ENGINEERING, 

AT THE UNIVERSITY OF TORONTO. 

COPYRIGHT © 2007 BY GUANFENG LIANG. 

ALL RIGHTS RESERVED.



i+ 
Library and 
Archives Canada 

Published Heritage 
Branch 

395 Wellington Street 
Ottawa ON K1A ON4 
Canada Canada 

NOTICE: 

The author has granted a non- 
exclusive license allowing Library 

and Archives Canada to reproduce, 

publish, archive, preserve, conserve, 

communicate to the public by 
telecommunication or on the Internet, 

loan, distribute and sell theses 

worldwide, for commercial or non- 

commercial purposes, in microform, 

paper, electronic and/or any other 

formats. 

The author retains copyright 

ownership and moral rights in 

this thesis. Neither the thesis 
nor substantial extracts from it 

may be printed or otherwise 
reproduced without the author's 

permission. 

Direction du 

Patrimoine de I'édition 

Bibliotheque et 
Archives Canada 

395, rue Wellington 
Ottawa ON K1A ON4 

Your file Votre référence 

ISBN: 978-0-494-27321-0 

Our file Notre référence 

ISBN: 978-0-494-27321-0 

AVIS: 

L'auteur a accordé une licence non exclusive 
permettant a la Bibliotheque et Archives 

Canada de reproduire, publier, archiver, 

sauvegarder, conserver, transmettre au public 

par telecommunication ou par I'Internet, préter, 

distribuer et vendre des théses partout dans 

le monde, a des fins commerciales ou autres, 

sur support microforme, papier, électronique 
et/ou autres formats. 

L'auteur conserve la propriété du droit d'auteur 

et des droits moraux qui protége cette these. 

Ni la thése ni des extraits substantiels de 
celle-ci ne doivent étre imprimés ou autrement 

reproduits sans son autorisation. 

  

In compliance with the Canadian 

Privacy Act some supporting 

forms may have been removed 

from this thesis. 

While these forms may be included 
in the document page count, 

their removal does not represent 

any loss of content from the 

thesis. 

Canada 

Conformément a la loi canadienne 

sur la protection de la vie privée, 

quelques formulaires secondaires 

ont été enlevés de cette thése. 

Bien que ces formulaires 

aient inclus dans la pagination, 

il n'y aura aucun contenu manquant.



To my parents



Balancing Interruption Frequency and Buffering 

Penalties in VBR Video Streaming 

Master of Applied Science Thesis 

Edward S. Rogers Sr. Dept. of Electrical and Computer Engineering 

University of Toronto 

by Guanfeng Liang 

April 2007 

Abstract 

We study the optimal streaming of variable bit-rate (VBR) video over a random VBR 

channel. The goal of a streaming application is to enable the successful decoding of each 

video object before its displaying deadline is violated. Previous literature has described 

solutions to estimate the interruption-free probability by assuming either independence 

in the encoded data process or simplistic channel models. In this thesis. we first present 

an analytical framework to bound the probability of un-interrupted playback. When 

a Markov VBR channel model is available, we quantify the distribution of the number 

of interruptions under the constraint of initial playback delay, receiver buffer size and 

different recovering schemes. Both the infinite and finite buffer cases are considered. 

Experimental results with MPEG-4 VBR encoded video validate our analysis. Finally, 

we show that the proposed analysis provides a theoretical foundation to quantify the 

tradeofis between different system parameters. 
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Chapter 1 

Introduction 

The popularity of [P-basecd video streaming over the Internet. is continuously growing, 

with hundreds of new subscribers registered daily. In addition. existing and emerging 

wireless systems such as EGPRS. UMTS, CDMA-2000. and WLAN enable IP-based mul- 

timedia transmission and reception at any place and time at reasonable ancl sufficient 

data rates. Mobile devices of the near future are expected to bring ubiquitous access to 

streaming multimedia services. such as TV news, music video, and online movie. Stream- 

ing multimedia are likely to become major applications in future mobile systems and may 

indeed be a key factor for their success. However, due to limited resources bandwidth and 

transmission power. compression efficiency is the main target for wireless video and mul- 

timedia applications. This limits the application of error-resilience or scalability features 

which. in general, suffer from significantly reduced efficiency. In addition. mobile devices 

are hand-held and still constrained in processing power and storage capacity such that 

complex receiver algorithms are not applicable [1], [2]. Three major service categories 

are likely to be integrated in 2.5G and 3G wireless systems: conversational services, 

packet-switched streaming services (PSS), and multimedia messaging services (MMS).
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Whereas conversational services seem to remain a niche application in near-future wire- 

less systems, PSS and MMS are gaining increasing popularity. In this thesis, we focus on 

the streaming of pre-encoded video to wireless clients, taking into account these system 

constraints and limitecl resources. 

In general, the transmission rate of the channel varies over time. Video display 

interruption may occur if data are not delivered on time when the transmission rate 

does not match the encoded rate. We term the event of playback interruption playout 

jitter, or jitter. Clearly. jitter reduces the perceived video quality and is undesirable in 

video streaming. However. video display interruption may still occur if packets are not 

delivered on time. 

To alleviate the cetrimental effect of channel transmission rate variation on video 

display, a common approach is to delay the playback of a stream through buffering at 

the receiver, at the beginning of display or after jitters occur. However, jitters can not 

be eliminated unless the video is fully downloaded before display starts/restarts. which 

results in unacceptable long initial/jitter recovering delays. For this reason, system de- 

signers must trade the reliability of uninterrupted playout against delay when determining 

the amount of data to buffer. 

In this thesis, we quantify the fundamental tradeoffs between the frequency of jitters, 

jitter-recovery delay. the initial playout delay, and the receiver buffer size, in order to op- 

timize the streaming of variable bit-rate (VBR) encoded videos, with non-linear playback 

curves [3], over a random) VBR channel. Our main contributions include the following: 

e When information about the channel is limited, we derive the upper and lower 

bounds of the jitter-free probability, given the initial playback delay and receiver 

buffer size, for both infinite buffers and finite buffers.
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e When a Markovian channel model is available, we propose an analytical framework 

to derive the distribution of the number of jitters, for three different jitter-recovery 

buffering schemes, and for both infinite and finite buffering cases. 

e We apply the proposed analysis to optimal streaming over a general wireless net- 

work. Numerical analysis results are obtained for wireless systems modeled by a 

generic Markov channel with Automatic Repeat-reQuest (ARQ) transmission con- 

trol. 

e Experiments using sample MPEG-4 video traces are carried out to validate the 

proposed analysis and provide new insight into the optimal balancing of delay. 

buffering, and jitters for optimal multimedia streaming. 

The remainder of this thesis is organized as follows. We discuss background informa- 

tion and related work in Chapter 2. In Chapter 3. an analytical framework is presented 

to bound the jitter probability under constraints of initial delay and receiver buffer size. 

In Chapter 4, an analytical framework is presented to derive the jitter frequency given 

different initial delay values ancl receiver buffer sizes. This framework is applied to study 

the performance of three different jitter-recovery buffering schemes. Finally, we conclude 

the thesis in Chapter 5.



Chapter 2 

Background and Related Work 

In this chapter, we first review some background information about VBR encocdect video 

and wireless video streaming. Then we present a literature survey related to our work. 

2.1 Variable Bit Rate Encoded Video 

High-quality video requires a large amount of storage space and network bandwidth. Even 

effective compression techniques, such as MPEG [4] and motion-JPEG [5]. still result in 

video streams with bandwidth requirements in the range of 2-10 megabits/second. Many 

video encoders generate constant-bit-rate (CBR) streams to simplify the allocation of 

disk, memory, and network resources. However, CBR encoded video ultimately has 

variable quality, since the encoder is not permitted to increase the output bit rate during 

periods of action or detail, precisely when degradation in quality would be most noticeable 

to the viewer. Alternatively, video encoders can generate constant-quality video, resulting 

ina VBR stream. Constant-quality video typically has higher quality than a constant-bit- 

rate stream with the same average bandwidth [6], [3]. However, constant-quality video
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Figure 2.1: A typical wireless media streaming system. 

can exhibit signicant burstiness on multiple time scales, due to the natural variations 

within and between scenes, as well as the frame structure of the encoding algorithm [7], 

[8]. [9]. [10], [14]. 

2.2 Wireless Video Streaming 

A general media streaming system is illustrated in Figure 2.1. This system consists of a 

media streaming server, a transport channel, and a streaming client. 

Tn most cases, content and service providers are reluctant to provide multimedia data, 

such as pre-encoded video for streaming services, separately for wired and wireless clients. 

It is expected that a huge amount of content is exclusively stored on a server in the wired 

Internet accessed by both fixed and wireless clients. We consider general VBR encoded 

videos in this thesis, with non-linear playback curves [3], because of their superior rate- 

distortion performance over CBR encoded videos and their growing popularity. 

Packet delays and losses are very common in nowadays IP-based packet networks. 

However, due to predictive video coding, lost IP packets result not only in decoding errors 

of the current frame, but also in quality degradation of subsequent frames included in the 

dependency chain. Whereas packet losses and delays in the fixed Internet mainly result 

from network congestion, wireless transmission packet losses and delays usually originate
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from link layer impairment. Therefore, the transport channel is considered to be VBR. 

The streaming clients access the video objects stored on the server through a wire 

or wireless access network. Depending on the channel condition and the chosen jitter 

recover scheme, a client may experience a number of jitters and some jitter recover 

buffering delay every time jitter occurs. From a client’s point of view, the frequency of 

jitters experienced should not be too high, and the jitter recover buffering delays should 

not be too long, either. Unfortunately, these two objectives conflict with each other. To 

address the balancing of this tradeoff is uniquely important to streaming media systems. 

2.3. Related Work 

One obvious way to avoid jitter is to start displaying the video only after it is fully 

downloaded. By doing this, jitter is 100% avoidable, but it also results in the longest 

initial delay and the maximal buffer size, which is generally unacceptable, especially 

for small wireless devices. In practice, the system buffers a certain portion of video 

data at the client before displaying the video. so that transient packet losses and delay 

do not constantly interrupt the playout of the stream. Intuitively. the more data is 

buffered, the fewer jitters will occur in the future, but the initial/jitter delay induced by 

buffering increases, too. For this reason, system designers must trade the reliability of 

uninterrupted playback against delay and buffer size. 

In this context, Sen e¢ al. proposed an online smoothing technique for VBR streaming 

video in [12] by introducing a few seconds of startup delay and a client buffer to com- 

pensate for the variation of video encoding rate. Authors of [13] used network calculus 

analysis to derive an optimal multimedia smoothing scheme. However, both schemes re- 

quire a dedicated smoothing server or an intermediate smoothing node and only consider
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a wired network offering guaranteed bandwidth service. Therefore these schemes are not 

suitable for error-prone networks such as wireless streaming systems. 

V. Varsa and I. Curcio introduced the concept of having two buffers at the receiver - a 

delay jitter buffer and a decoder buffer [14]. The delay jitter buffer is used to compensate 

for the delay jitter introduced by the channel and to reduce bit rate variations caused 

by the VBR behavior of the channel. Streaming video data is first buffered in the delay 

jitter buffer and then is emitted into the decoder bufler at a constant rate after a initial 

delav. By choosing a suitable initial delay, the jittered streaming data is de-jittered by 

the delay jitter buffer and a virtual CBR channel is formed at the input of the decoder 

bufler. Therefore, traditional hypothetical reference decoders (HRD) such as the video 

buffer verifier (VBV) for MPEG-2 or the H.263 HRD can be applied. 

In [15]. Stockhammer et al. compared the single receiver buffer approach with the 

aforementioned separate buffer approach and showed that a single receiver buffer always 

performs at least as good as two separate buffers. They then described a method to 

provide a certain Quality of Service (QoS) guarantee, where the initial delay and receiver 

bufler size are decided according to the upper and lower bounds of the random receiver 

curve to guarantee a minimum jitter-free probability. However, they did not give a general 

means to find such bounds of the receiver curve, and only a simple Bernoulli channel is 

considered. 

A Markov chain analysis method was introduced in [16] to examine the tradeoff 

between buffer underflow probability and latency for Adaptive Media Playout (AMP) 

video streaming. Applying the two-state Gilbert-Elliott lossy channel model [17, 18], 

this method represents the streaming system with a Markov chain whose states are 

described as a combination of the buffer state, the channel state and the playout position.
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Representing underflow event as an absorption state, this method gives the underflow 

probability by solving the Markov chain. However, in order to construct a Markov 

chain, the transmission time of each frame are assumed to be independent and identically 

distributed (iid.) random variables, which is usually not true for VBR encoded video 

streaming where the frames have different sizes. 

In [19]. D. Towsley eé al. present the first analytical study of multimedia streaming 

via TCP. They extended the discrete-time Markov models for VBR TCP traffic in [20] 

anc [21] to incorporate the specific characteristics of constrained (live) and unconstrained 

(stored) streaming. This TCP traffic model is applied to construct a cliserete-time Markov 

model for streaming svstem. Using these models, they explored the parameter space (i.e., 

loss rate. round trip time and timeout value in TCP as well as video playback rate) to 

provide guidelines as to when direct TCP streaming leads to satisfactory performance. 

Their results show that direct TCP streaming generally provides good performance when 

the available network bandwidth, and thus the achievable TCP throughput, is roughly 

twice the the video bitrate, with only a few seconds of startup delay. However, this work 

considers only CBR encoded videos and an infinite receiver buffer. 

Following the same path of [19], L. Xu and J. Helzer studied the problem of media 

streaming via TCP-Friendly Rate Control (TFRC) was studied in [22]. Modeling the 

TFRC traffic by a Markov-Renewal-Modulated Deterministic Process. the authors de- 

veloped a queueing model for the TFRC client buffer, based on the embedded Markov 

process of the buffer state immediately after a jitter. This model is then applied to ob- 

tain the distribution of the total duration of all rebuffering events experienced by a user. 

However, this work, as well as [19], considers only CBR encoded videos and an infinite 

receiver buffer.
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Other previous studies on jitter reduction include works on rate-distortion optimized 

video streaming [23], [24], [25], [26]. However, they require significant modifications in 

the streaming server, the streaming client, or both. 

In this thesis. we quantify the probability of jitter-free streaming and the distribution 

of the number of jitters during streaming a VBR video over random VBR channels. The 

proposed analytical techniques can be applied to most general systems. To the best of 

our knowledge, this work represents the first attempt to analytically quantify the tradeoff 

between initial playback delay, receiver buffer size, jitter recovering operation, and the 

frequency of jitters for streaming with arbitrary encoding scheme and random channels.



Chapter 3 

Bounds of Probability of Jitter 

In this chapter, we provide an analytical framework to bound the jitter-free probability 

for generic VBR. video streaming over random VBR. channels. The application of this 

analysis to a case stucly on wireless network streaming is also presented. 

3.1 System Model 

We consider the same video streaming system as in [15]. It consists of a video streaming 

server, a VBR transport. channel. and a streaming client. Pre-encoded video objects are 

stored in the server. Each video object is characterize by a playback curve p(t). The 

playback curve describes the total amount of data that have to be received by time ¢. It 

is generally assumed that p(t) = 0 for £ < 0 and p(t) = p(L) for t > L, where L is the 

length of the video in time and p(L) is the size of the video in bits. The playback curve 

is assumed to be included in the preamble of the video stream and is available to the 

receiver [15]. 

When a client requests a video object, after setting up a connection, the server starts 

10
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to stream video data to the client through the transport channel. The channel is assumed 

to be error free, possibly due to an ideal error control mechanism, such as coding or ARQ, 

but its bit rate may vary over time. This VBR channel is characterized by a random 

receiver curve R(t), which specifies the total amount of data received error-free up to 

time t at the client side. We also assume R(t) = 0 for t < 0, which is reasonable since 

no data should be received before the transmission begins. Clearly, both p(t) and R(f) 

are monotonically increasing. 

As we are interested in providing continuous video streaming service, our objective 

is to minimize the initial playback (“startup”) delay A and the corresponding receiver 

buffer size B, while maintaining jitter-free plavback. for a VBR channel. For jitter-free 

playback, both buffer underflow and overflow at the receiver buffer need to be eliminated. 

To avoid buffer underflow, the startup delay A has to be chosen such that for any time 

instant f, at least p(t — A) bits are available at the decoder. i.e. 

{A ER: RL) > p(t-A). V th. (3.1) 

Furthermore, to avoid buffer overflow, the buffer size B has to be large enough such that 

at any time instant f, all received non-decoded data can be stored in the receiver buffer. 

Le, 

{BER: R(t) <p(t-A)+B, V t}. (3.2) 

The right-hand side of (3.1) defines a delayed playback curve, and the right-hand side of 

(3.2) defines a buffer limit curve. 

If a deterministic receiver curve R(t) and the playback curve p(t) are known before 

transmission at the streaming server, the authors of [15] have proven that the minimum
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Figure 3.1: Playback, receiver, and buffer-limit curves with their associated startup delay 
4\ and buffer size B. 

startup delay to avoid buffer underflow should be chosen as 

A = max {t— pi V(R())} . 

where p(x) = min{t : x < p(t)} is the so called the pseudoinverse function of the 

monotonically increasing playback curve p(t). And the corresponding minimum receiver 

buffer size to avoid buffer overflow is then chosen as 

B= max {R(t) — p(t — A)} 

The optimal selection of A and B is illustrated in Figure 3.1. 

However, in general, R(t) is random and not known in advance, either at the trans- 

mitter or at the receiver. In this work, we focus on the problem of optimal streaming



3.2. RANDOM RECEIVER CURVE 13 

over VBR channels with a random R(t), described in detail next in Section 3.2. 

3.2. Random Receiver Curve 

The assuinption that R(t) is known in advance at the transmitter or receiver is obviously 

not realistic for most practical systems. To the best of our knowledge, there is no known 

method to specify the minimum startup delay without exact. knowledge of the receiver 

curve. However, in general, users may still be satisfied if the playback jitters do not occur 

too frequently. Therefore, it is reasonable to guarantee a certain performance criterion, 

by specifving the probability that the transmission of a video is successful without any 

buffer underflow or buffer overflow, given the constraint of startup delay and receiver 

bufler size. 

To formalize the problem. let us consider a stationary-increment random process R(t) 

that describes the random receiver curve introduced by the random channel. Obviously, 

each realization of the random process has the same monotonic properties as the de- 

terministic receiver curve as we defined before. We want to determine the jitter-free 

probability. denoted by 7, that a realization of R(t) is entirely within the region between 

the delaved playback curve, p(t — A), and the buffer limit curve. p(t — A) + B, during 

the playback period of a video, i-e., 

n= Pr{p(t— A) < R(t) <p(t- A)+ B}. (3.5) 

Generally, 7 is a difficult quantity to compute exactly, even if we know the stochastic 

properties of R(t). Next, we will derive a lower bound and an upper bound of 7, given 

some statistical information of R(t).
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3.2.1 Infinite Receiver Buffer Case 

Let us first look at the case with infinite receiver buffer, i.e, B = oc or B is sufficiently 

large for any practical purposes that the buffer never overflows. Assume we know that 

the bit rate of the VBR channel is upper bounded by Bmax. i-e.. R(t) < bmaz- In the best 

case, the VBR channel stays at the maximum bit rate 6,,,. throughout the transmission. 

Without loss of generality, we fix the origin at the time instant when the client starts 

playing out the video. Then the receiver curve in the best case is 

Ramin (t) = Bnax(t + Amin) . u(t + Amin) (3.6) 

where u(t) is the unit step function 

0. <0 

lL t>0 

and A,,,,, is the minimal achievable startup delay given by (3.1) with R(t) = Bmaxt- u(t). 

Le., 

Amin = max {t—p '(Bmart -u(t))}. (3.8) 

Note that A,,,;, can only be achieved in the best case. It is in fact the minimum 

supportable startup delay. By supportable, we mean 

Pr{R(t) > p(t) V t]R() =0 V t<—-A}>0. (3.9) 

Therefore, the startup delay should be chosen such that A > Amin. The derivation of 7 

then proceeds in two cases as follows.



da
ta

 
3.2. RANDOM RECEIVER CURVE 15 

        

            

        

  

    

p(t) 
—— p(t) ah: 

Blt fk pot} 
tenets R(t) ay a 

vt 

oe fied 

. wt I ' 

we ‘ I ’ 
ey \ ' 

a ' 2 ' root 
we 3 I ' I 

2 ' ! t I 
yo I ‘ i 1 

ey t ’ ' 1 
wooo t ' t ! 

woe 1 ' I! 1 
~ l ' ' ! 

Soy t : ! I 
oy \ ' I \ 

Ye I i t ' 
. tl ~ 1 i l 

a e L oa ok Ok 
time time 

(a} Case 1: Rinin( L) = p(L) (b} Case TH: Rinin(L) > p(L), tu < te 
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Case I. Ryj,(L) = p(L) 

Let tf) = inf{f : RO) < Ryin(t)} be the time instant when R(t) intersects with 

Rmin(t). It is easy to see that R(t) < Rinin(t) for all 1 > ty. Therefore. if fy < L. we will 

have 

at. the end of the video. as shown in Figure 3.2(a). According to the monotonically 

increasing property of p(t), jitter is inevitable for this R(t). Then, it is easy to show 

that, given a supportable startup delay A, the probability of continuous playback is 

nr = Pr{R(t)> p(t), V t< LD} 

= Pr{to > L} 

= Pr{R(t)> Rnin(t), V t< L} 

= Pr{R(L) > Rmin(L)}. (3.11)
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Case II. Rmin(L) > p(L) 

We define the latest most critical point ft, of underflowing as 

t. = max {t: Rmin(t) = p(t)}, (3.12) 

and the transmission finishing point ty in the ideal case with minimal startup delay A,,;, 

as 

L 
tf = PA ) — Amin: ( : 

Dmar 

  co
 

con
e) 

~
~
 

Clearly, if to > tp, jitter does not occur: if t. < t) < ¢,, jitter may not occur with positive 

probability: and if ty < ¢.. jitter occurs. An example when fo < t, is shown in Figure 

3.2(b). Hence we can derive a lower bound on 7 as follows: 

nm = Pr{to > trp} + Pr{t. < ty <¢p$}- Pr{ R(t) > p(t), V t< Lit. <ty < ty} 

= Pr{to = ty} 

= Pr{R(t)> Rmin(l). Vt <ty} 

= Pr{R(t,) > p(L)} 2m. (3.14) 

Moreover, noticing that < p(t) < bmar for some t € [t., L], it is possible that even if 

a jitter incident occurs, R(t) may increase faster than p(t) and, at the end of the video, 

achieve R(L) > p(L). Hence a is upper bounded by the probability of receiving no less 

than p(L) bits by the end of the video, i.e., 

wr <m, 2 Pr{R(L) > p(L)}. (3.15) 

In summary, when a supportable startup delay A > A,,in is chosen, the jitter free



3.2. RANDOM RECEIVER CURVE 17 

probability of a given playback curve p(t) is bounded by 7, and 7, according to (3.14) 

and (3.15), respectively. Both bounds are achieved iff Ryin(L) = p(L). 

3.2.2 Finite Receiver Buffer Case 

When the receiver buffer is not large enough, overflow may occur. We will derive bounds 

on the probability that neither underflow nor overflow occurs. 

Let tg denote the first most critical point of overflowing: 

tp= min {arg max{ Ry in(t) — p(t)}}. (3.16) 

Obviously. if the buffer size is a design parameter. then B should be chosen such that 

B> Ruin(te) — pte) = Bmin- (3.17) 

Otherwise jitter (either overflow or underflow) is inevitable. Let 

Rplt) = Dina (t + Ap), (3.18) 

where 

Ag= min {eee — tS ; (3.19) 

is the highest supporting line of the buffer limit curve p(t) ++ B with slope bmar. An 

example of this finite buffer case is shown in Figure 3.3.
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Figure 3.3: An example of finite receiver buffer. 

We first consider a lower bound of 7. It can be shown that 

x = Pr{p(t) < Rit) <plt)+B, ¥ t<L} 

—Pr{ R(t) > p(t) +B, J 1< LAR > R(t), ¥ t<D} 

> Pr{A(t) > p(t), V t< L}—Pr{ R(t) > p(t) + B, 3 t< LD} 

> Pr{R(ts) > p(L)} — Pr{ R(t) > pt) + B, A t< Ly}. (3.20) 

Then. let 

t) =min{t : Ppax(t + A) = p(t)+ B} (3.21) 

be the first possible point of overflowing when startup delay is A. It is easy to see that.
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if R(t,) < Rp(t,), overflow does not happen, i.e. 

Pr{ R(t) < Ra(t)} < Pr{ R(t) < p(t) + B. V t< 1}. (3.22) 

Hence. we have 

Pr{ R(t) > Ra(ti)} > Pr{R(t) > plt) +B. Jt < Lt. (3.23) 

Then from (3.20), we conclude that 

m > Pr{R(ty) = p(L)} — Pr{ R(t) > Ra(ti)}. (3.24) 

Following the same logic. if R(O) < Rg(0). there will be no overflow. then we can also 

have 

x > Pr{R(t,) > p(L)} — Pr{ R(0) > Rp(0)}. 

m
e
 

Ww bh
o 

on
 

e
e
 

So 7 can be lower bounded by 

zm > Pr{ R(t) > p(L)} ~— min{Pr{ R(t) > Rae(t,)}, Pr{R(O) > Rg(0)}}. (3.26) 

Notice that when t; > 0, R(t1) > Re(ti) implies R(O) > Rp(0), ie. 

Pr{ R(t) > Ra(ti)} < Pr{ R(O) > Ra(0)}. (3.27)
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The inverse is also true when t,; < 0. Then (3.26) can be rewritten as 

x > Pr{R(ts) > p(L)} — Pr{ R(tt) > Re(t{)} =m. (3.28) 

Here (-)* denotes max{0,-}, and we have used 7 to denote the lower bound for the 

jitter-free probability 7. 

To clerive the upper bound, we note that if R(tg) > Ra(tg), overflow occurs. Hence 

we have 

Pr{R(t) > p(t) + B, A t< L} > Pr{R(tg) > Raltp)}. (3.29) 

Then 7 is upper bounded by: 

w = Pr{p(t) < R(t) < p(t)+ B, V t< 1} 

= Pr{R(t)> p(t), V t<L} 

—Pr{R(t) > pit), V t<LAR(t)>p(t) +B. 4 t<L} 

= Pr{R(t)> p(t), V t< L} 

(1—Pr{ R(t) > p(t)+ B, 3 t< LIR(t) = p(t), V 6 < Lh) 

< Pr{ R(t) > p(t), V t<L}-(1—Pr{ R(t) > p(t) + B. 3 t<L}) 

< Pr{R(L) = p(L)}- (1 — Pr{ R(tg) > Re(te)}) 

[>
 

Wy (3.30) 

The first. inequality in (3.30) is due to the fact that the conditional probability of overflow 

given no underflow occurs is greater than the marginal probability of overflow, and the 

second inequality is due to a relaxation of t from the range (0, L] to L. Here we use 7, 

to denote the upper bound for the jitter-free probability 7.
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3.3. Case Study: Wireless Video Streaming 

In a wireless access network, because of the hostile radio channel condition resulting from 

multipath propagation, fading and scattering, packet delay and losses are common. In 

this section, we present. a case study on applying the theoretical framework in Section 

3.2 to evaluate the jitter-free probability of streaming in a generic wireless system with 

an ARQ transmission protocol. 

3.3.1 Modeling Wireless Channels 

To properly model the error events in a wireless communication channel. we adopt in this 

work an extended Gilbert model proposed by Sanneck et al. in [27]. It is a generalization 

of the Gilbert-Elliott model [17,18]. one of the most widely adopted wireless channel 

representations in the literature. The Gilbert-Elliott model is a two-state Markov moclel 

where the channel switches between a “good state” (reception) and a “bad state” (loss). 

The channel state changes at the beginning of each time slot according to the given 

transition probabilities. A transmission is successful only if the channel is in the “good 

state’: otherwise. it fails. The Gilbert-Elliott model captures the temporal dependence 

in packet-loss processes for communication networks. However, many recent studies have 

shown that the Gilbert-Elliott model fails to predict performance measures depending on 

longer-term correlation of errors and hence can lead to lower channel capacity estimates 

and conservative allocation strategies [28], [29], [30], [31]. 

There are two categories of extended Gilbert models: those which describe reception 

run-lengths (RRL) and those which describe loss run-lengths (ZRL). In what follows we 

concentrate on LRL models. As illustrated in Figure 3.4, for a k-th order LRL extended 

Gilbert model, there are k+1 states, {S), 52, ...,.5%41}. For each state S;, i-— 1 represents
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Figure 3.4: A k-th order loss run-length (LRL) extended Gilbert model. 

the current loss run-length. except for state S,,,;, which represents the case that the 

current. loss run-length is at least k. in which case the system remains in state S;.,; with 

a subsequent loss or returns to S; with the first occurrence of reception. In each state. 

a reception event will bring the system back to state S). the “good” state, which means 

the occurrence of a successful transmission will free the process from dependence upon 

past history and starts it anew. Hence. letting 0’ represent the occurrence of i successive 

losses. the LRL extended Gilbert model can be characterized in terms of the following 

k +1 independent parameters: 

e Pr{1]10°}: the probability that the next transmission succeeds, given that the 

current DRE =71, 0<i<k—-1: 

e Pr{1|0*}: the probability that the next transmission succeeds, given that the cur- 

rent LAL > k: 

e Pr{0|10°} = 1 — Pr{1|10'}: the probability that the next packet is lost, given that 

the current DRE =i,0<i<k-—1: and 

e Pr{0|0*} = 1 — Pr{1|O0*}: the probability that the next packet is lost, given that 

the current DRL > k.
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In addition, we model transmission control with a simple ARQ transmission protocol.! 

We consider a lossless system in which packets may be corrupted but acknowledgements 

are error free. After sending out a packet, the server waits until an ACK or an NACK 

arrives from the client. If an ACK is received, it means the packet is correctly received and 

the server starts transmitting the next packet; if an NACK is received, or if a timeout 

interval is exceeded, the packet is considered corrupted and the server sends out the 

same packet again until an ACK is finally received. For simplified numerical analysis. 

we consider the system to be time-cliscrete and data are packed into packets of a fixed 

size. Each time slot is the time between when the server sends out a packet and when 

the corresponding acknowledgement arrives. 

3.3.2 Delay and Buffer Design 

We next derive the probability bounds 7 and 7, for the extended Gilbert model. Instead 

of looking into the probability Pr{ R[L] > N} directly, let us first consider the random 

aniable X;, which represents the total number of transmissions that it takes to success- 

fully transmit the 7” packet. Notice that except the first packet, every packet starts 

its transmission following a successful transmission of the previous packet. Hence, if a 

connection between the server and a client is setup with a successful transmission, then 

the channel is in the good state at £ = 0 and X = {X;} is a sequence of iid. random 

variables. Note that this only simplifies the presentation and does not significantly affect 

the results. 

We denote P; = Pr{0|10'}, i = 0,1,....k — 1 and P, = Pr{0]0*}. According to the 
  

'TCP is well known to misbehave in the wireless environment. In this work, we use simple ARQ to 

illustrate the behavior of a general error recovery protocol.
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extended Gilbert model above, we calculate the probability mass function of X 

1—FP,, r=1 

Px[7]}= 4 (1— Pei) TT? P. r=2...k (3.31) 

(1— Py) Pe TES Pe > k 
i=0 

and the moment generating function 

@y(z) = So Pxfkje* 
k=1 

k w—2 

= (1-Pj)z'+S00-P, der] ]P, 

      

wid 7=0 

k-1 x 
+0 _ P,) P, S- Pp? (AST) ma 

i=0 woh+l 

i r—2 

= (1-P)z'+S lU-Pde"][P 
wr=2 =O 

k—| g(a) 

+(1— FP, P,——--——.. |z| > P, 3.32 (Pa TD Pasa > (3.32) 

Let Yy = yy X; be the total number of transmissions until the N“ packet is 

successfully transmitted. Then the moment generating function of Yj is 

by(z) = &Y(2). (3.33)
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And the distribution function of Yy is 

Fy, [y] = Pr{Yn < y} 

= So Py lkluly — 4 

= Py,[y] * uly]. (3.34) 

Here u{m] = 1(m > 0) is the discrete unit step function and its z-transform is (1 — 

z ')-!, |z} > 1. According to the convolution property of z-transform. we have 

Z{Fy.ly]} = 24 Pyylyl* uly} 

  

1 
= Py (2) , 

bX (2) = joy I >I (3.35) 
    

Obviously, the probability that the client has received at least No packets by time L 

equals to the probability that the transmission of the N’ packet is completed no later 

than L+ A. ie... when £ + A > N, we have 

Pr{R(L) > N} = Pr{¥y < L+A} 

= Yy[b + Al 

1 f ®X(2) = Z oe. l=} 

1 d\ (z) ghtalg 

Qani cl-2z!} 

on 

= Res pechatte| . (3.36) 
feo 

  

z 

where C’ is a counterclockwise closed path encircling the unit circle, ¢ denotes the set of
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poles of ®¥(z)z4+4~!/(1 — z~1) within C, and Res,~¢ denotes the residue at pole z = €. 

Then the lower bound 7 and upper bound 7, can be obtained by plugging (3.36) into 

(3.14), (3.15). (3.28) and (3.30). These analytical results are validated by experimenting 

with VBR vicleo traces shown in the next section. 

3.4 Experimental and Numerical Results 

In this section. we present experimental results to validate the proposed analytical frame- 

work. We investigate the effects of the initial playback delay and the receiver buffer size 

on jitter-free streaming and discuss the optimal balance between plavback delay and 

buffer size. 

3.4.1 Experimental Setup 

We experiment on wireless streaming using MPEG-4 VBR video traces provided by 

[32]. Figure 3.5 shows the playback curves R(t) for the first £0 seconds of three video 

sequences and their corresponding Ryrin(t) values. Some main statistics of these video 

clips, pertinent to the computation of jitter-free probability bounds, are listed in Table 

3.1. These sequences were encoded at a constant frame rate of 25 frames/s in the Quarter 

Common Intermediate Format (QCIF) resolution (176x144). We have chosen the QCIF 

format because we are particularly interested in wireless networking systems where hand- 

held wireless devices typically have a screen size that corresponds to the QCIF video 

format. 

For numerical analysis, we adopt a three-state extended Gilbert model (e.g., k = 2), 

with state transition probabilities Pr{0|1} = 0.005, Pr{0|10} = 0.9 and Pr{0|00} = 0.95.
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Figure 3.5: VBR video playback curves and the corresponding Ryin(t)’s. 

  

  

    

  

      

Video name Parameters of the video stream 

Mean rate (bits/s) | Peak rate (bits/s) | Amin (Ss) | Brin (bits) | tp (s) 

Alpin Ski 1.8247e+05 3.0248e+06 1.26 1.638e+06 | 15.36 

Formula | L.7754e+05 2.1428e+06 0.5 3.826e+05 36 

Jurassic 1.7100e+05 3.1668e+06 0) 1.530e+06 | 10.08         
  

Table 3.1: Parameters of different video streams 

We set the packet size to be 3600 bits and the time interval between two consecutive 

transmissions as 20 ms. This results in a maximum transmission bit rate of 180.000 

bit/s. Clearly the numerical results scale correspondingly to networks with different 

transmission rates. Corresponding to the settings in numerical analysis. we perform 

simulation in Matlab. For different startup delay values and buffer sizes. we simulate the 

transmission and playback of each video sequence over 2000 realizations of the random 

VBR channel and measure the jitter free probability. Furthermore, we compute the 

upper and lower bounds of the jitter free probability based on the proposed analysis and 

compare them with the simulation results. 
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3.4.2 Effect of Initial Playback Delay 

In Figure 3.6 we plot the jitter-free probability vs. startup delay value for video “Alpin 

Ski” with different fixed buffer sizes, including a case with infinite buffer size. Also 

indicated are the corresponding values of Ag, the highest supporting line of the buffer 

limit curve p(t) + B as defined in (3.19). We observe that the derived upper bounds 

and lower bounds provide close estimation of the actual jitter free probability, especially 

within desired parameter ranges, where the startup celay is small to moderate and the 

jitter-free probability is high. Similar results are observed for different playback curves 

and omitted to reduce rectundaney. 

We note that, when A < Ag. the finite buffer case and the infinite buffer case are 

nearly the same. and the jitter free probability increases as A increases. This is because 

when A < Ap. as we can infer from Figure 3.3, R(t) will always stay below Rp(t). so 

there will not be any overflow. and jitter is only induced by underflow. A larger A reduces 

the probability of underflow. However, after A surpasses Ag, the jitter free probability 

first increases. but by only a very small amount, and then decreases as A increases. 

This is because when A > Ap. overflow occurs. And since the buffer size is fixed. a 

longer startup delay will result in accumulating too much data and hence increasing the 

probability of overflow. When A becomes larger, overflow starts to dominate and the 

jitter free probability goes to zero. 

The practical implication of the above observation is clear. The initial playback delay 

is a delicate parameter in the optimal design of multimedia streaming. Increasing the 

initial playback delay can drastically improve the jitter-free probability, but only up to a 

point determined by the playback curve and the receiver buffer size. Beyond that point, 

increasing the initial playback delay can in fact significantly increase playback jittering.
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Figure 3.6: Jitter free probability vs. startup delay with different receiver buffer sizes for 

video “Alpin Ski”. With 95% confidence intervals for 2000 runs. 

In this regard, the proposed analysis framework provides a means to accurately estimate 

the optimal value of the initial playback delay. 

3.4.3 Effect of Receiver Buffer Size 

Figure 3.7 shows the effect of receiver buffer size on the jitter-free probability for the 

video “Alpin Ski” given different startup delay values. It can be seen in this figure that
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3.7: Jitter free probability vs. buffer size with different startup delays for video 

Ski*. With 95% confidence intervals for 2000 runs 

the jitter-free probability a increases quite fast as the buffer size B increases at first and 

then after B surpasses a certain value, 7 is approximately constant. Thus, increasing the 

receiver buffer will not necessarily result in drastically improved performance. 

Furthermore, we note that for a given initial delay A. there exists a maximum buffer 

size 

Bmax(A) = max{min{bmar(t+ A), p(L)} — p(t)} (3.37)
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such that for any B > Byac(A), 7 is constant: 

n= Pr{R(t) > p(t) V t< Lt. (3.38) 

The idea is that since R(t) < Dmax(t + A) for all t. if Rg(t) > bmae(t + A), overflow 

will not occur and only underflow contributes to jitter, which is equivalent to the infinite 

buffer case. 

Clearly. in terms of resource allocation, hardware implementation, and energy con- 

sumption cost, a smaller buffer size is preferred in practice. Therefore. the proposed 

analytical framework, allowing numerical results such as those presented in Figure 3.7, 

can provide a means for a first step toward quantifving the most sensible buffer sizes for 

optimal svstem design, taking into consideration cliflerent svstem cost factors. 

3.4.4 Optimal Delay-Buffer Tradeoff 

Finally. we consider the optimal tradeoff between the initial playback delay A and the 

receiver buffer size B in jitter-free streaming. Figure 3.8 shows the contour maps of the 

startup delay and the buffer size that achieve clifferent jitter free probabilities, for the 

three video clips described above. 

We observe that the right branch of a contour curves have a slope roughly equal 

to Dyes the maximum transmission rate of the channel. This corresponds to the fact 

that as A increases, regardless the boundary effect, Biiu.(A) increase at rate bra. This 

confirms our previous observation that, in order to achieve 7 — 1 for a given delay A, 

we should have B > Brac(A). 

Finally, this figure provides a convenient means to obtain an optimal operating point 

for the system that balances the tradeoff between A and #B, given a certain required
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Figure 3.8: Contour maps of buffer size vs. startup delay, with jitter-free probabilities 

labelled on the curves. 

jitter-free probability a. If we define a cost function as a weighted sum of the two 

C=ah+(l—-a)B, (3.39) 

where a € /0. 1]. then to minimize this cost function. we simply find the tangent line 

  of the corresponding contour curve with slope <7. The point of contact between the 

tangent line and the contour curve given a value of 7 defines the optimal operating point 

for the svstem. An illustration of such a procedure is shown in Figure 3.8. 

 



Chapter 4 

Frequency of Jitters 

In the previous chapter. we study the probability of having no jitter during a streaming 

session. However, in practical video streaming systems, when a jitter occurs. display of 

the vicleo pauses. anc after a certain amount of data. determined by the chosen jitter 

recover buffering scheme. is buffered and the display of the video is resumed. Depending 

on the channel condition and the chosen jitter recover scheme. a client may experience a 

number of jitters with some jitter recover buffering delay every time jitter occurs. In this 

chapter. we will study the characteristics of the number of jitters and the jitter buffering 

delay. 

4.1 Network Model 

In this chapter, we consider the same video streaming system as in Chapter 3. Here, 

we consider a generic class of Markov channel models characterized by (G, A, 8), where 

6 = {5}, ...,Sx} is the set of channel states, A is the transition probability matrix, and 

R = {r,...,7K} is the set of transmission rates associated the states. More precisely, r; 

33
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Figure J.1: An example of jitters. 

represents the number of packets that can be transmitted in one time slot. Obviously. 

the extended Gilbert model belongs to this class of Markov channel models. A k-th 

order LRL extended Gilbert model can be represented in this form by simply setting 

K=k+1.rm=Jlandr; = 0. i = 2,3.....k+ 1. Studies have also shown that TCP [20] 

and TFRC [22] can be well modeled by a Markov chain, respectively. Moreover, most. 

Markovian channel models which have been studied in literature also belong to this class. 

which implies that the analvsis technique we present in this work can easily be adapted 

to accommodate different. situations. 

A streaming example with unlimited receiver buffer is illustrated in Figure 4.1. With- 

out loss of generality. we assume the video starts playing out at time 0 and the trans- 

mission begins at time —A, where A represents the initial delay. In the figure, G(t) 

represents the amount of data received at the client by time t. When G(t) < p(t), jitter 

occurs. Then the application stops playing out the video and data accumulates in the
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receiver buffer, until the jitter recover buffering scheme decides to resume displaying. 

We study three jitter recover buffering schemes in this chapter: 

e Fixed Jitter Buffering Delay (FBD): after a jitter, buffer for a fixed amount of time 

Dj, and then resume clisplay: Jits wv 

e Fixed Buffered Playout Data (FPD): after a jitter, buffer for a fixed number of 

packets Bj, and then resume clisplay: and 

e Fixed Buffered Playout Time (FPT): after a jitter, buffer the number of packets 

that corresponds to a fixed plavout duration T;j. 

Depending on the channel condition and the jitter-recovery buffering scheme, a client 

may experience a number of jitters and some jitter buffering delay. Next. we will present 

our analytical framework and stucly the tradeoffs among diflerent svstem parameters. 

4.2 Analysis Framework of VBR Video Streaming 

In this section, we propose a recursive analytical framework to study the effects of initial 

delay. receiver buffer size, and the parameters of the three aforementioned jitter recover 

buffering schemes. We are particularly interested in computing F{N}, the expected 

number of jitters in a given streaming session. The key notation introduced in this 

section is summarized in Table 4.1 for easy reference. 

We define the position of a jitter by the packet index where it occurs. Thus, by “a 

jitter occurs at packet 7”, we mean that the ith packet is the first packet whose playout 

deadline d; is violated after the start of display or the previous jitter. Denote J,, as the 

position of the nth jitter, and X, as the channel state when the nth jitter occurs. Also,
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Notation || Definition 

A Initial delay 

B Receiver buffer size 

t Distance in time in the video with respect to the beginning 

p(t) The minimum amount of data that has to be received by t 

d; Arrival deadline of the ith packet, p~'(i) 

Jn Index of the first packet whose deadline is violated after 

n — 1 jitters 

Xn State of the VBR channel when the nth jitter occurs 

L Length of a video 

Dit Fixed jitter buffering delay in FBD 

Byit Fixed jitter buffered playout data in FPD | 

Tyit Fixed jitter buffered playout time in FPT 

N Total number of jitters during streaming of a video 

7] The ?th element of vector 7 |       
Table 4.1: Table of nomenclature 

let Pir i) be the probability that the nth jitter occurs at packet i in channel state S;. 

Le. 

PU) = Pr{J, =i, X, = S,}. k= 1... K. (4.1) 

Now, let’s first assume we have a means to compute the conditional probability that 

the (n + 1)th jitter occurs at packet 7 in channel state S;, given it is after the nth jitter 

that occurred at packet 7 in channel state S,;. We denote it as 

Qixr(j- 1) = Pr{ Spat = a, X41 = SklJn = J; Xn = Sit. (4.2) 

Note that 5°, 5°, Q:«(j,7) does not necessarily equal to one, because there may be no 

more jitters after the one at packet 7. Moreover, because of the Markovian behavior
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of the channel and the schemes being considered only make their decision based on the 

current state, Qi(7, 7) only depends on the positions and the channel states, but not. n. 

By direct application of the Total Probability Theorem [33], the probability that the 

(77 + 1)th jitter occurs at packet 7 equals to the sum of probabilities that the nth jitter 

occurs at packets with 7 <7 and the (n + 1)th jitter occurs at packet i. We have 

i K 

PLM) = SESE Pr{dn = 9. Xn = St Inver = 1 Xing = Sid 
j=! l=1 

i K 

= SOS Qu, DPM). (4.3) 
j=l l=] 

Then the probability that there are at least m jitters during the plavout of a video is 

p(L) 

Pr{N>n} = Pr{J,, = 7} 
i=l 
P(E) K 

= Sew. (4.4) 
i=] k=} 

Since N > 0, the expected number of jitters can be obtained by 

E{N} = SoPr{N >n} 
n=1 

oo p(L) 

= Vee ee. (4.5) 
n=1 i=l k=l 

If PY) and Q,.(j,1) are known, from equation 4.2, we can recursively compute 

PLO), for any n, 7 and k, and then the expected number of jitters can be obtained from 

equation 4.2. Next, we present the derivation of these probabilities for different jitter
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recover buffering schemes and for both the infinite buffer and finite buffer cases. 

4.3 Infinite Buffer Case 

We first consider the case with unlimited receiver buffer, or the buffer size is large enough 

such that it will not be fulled during streaming. 

4.3.1 First Jitter Distribution Pa) 

~ . . . . 1 “\ 4 +s eos 
The first jitter distribution Pi (4) is common to all jitter-recovery buffering schemes. . k a ” oO : 

and hence we provide its derivation first. Denote 

Ping = Pr{S; > Sphere). r SR. (4.6) 

as the probability that. given the channel state in the previous step is S;, the current 

channel state is S,, and r packets are successfully transmitted. Here e(r;,.1r) equals to 

1 ifr, = r and O otherwise, and R is the maximum number of packets that can be 

transmitted in one time slot. We can express the state of the system with the tuple 

(g.8), where g specifies the number of received packets, and s € S specifies the channel 

state. Then we can construct a Markov chain of the system with the following transition
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probability matrix 

    

0 Ao Ai --- Ar O ss | 

1 0 Ag Ar --- Arg O ::: 0 

© — (4.7) 

p(L) — | 0 0 Ao At Ar 0 

p(L) 0 O Ao Ay Ar 

where 

(g + r, S;) on (g + r. Sp) 

(g- 51) Puar cee Bur 

A, = : : 7 : . (4.8) 

(yg. Sk) Pravice Pre 

With this transition matrix, we can obtain the distribution of the number of packets 

that have been received by time ¢ simply from 7j,~P°O"', where 7;,,;; is the initial state 

distribution at —A. However, what we are interested in is the probability of the system 

arriving at a state without any jitter by time t. Moreover. since the video is VBR encoded, 

the consumption speed of data is predetermined but varies over time. Hence the standard 

homogeneous Markov chain approach [33] can not be applied in this non-homogeneous 

case. 

Instead, we propose the following. At any time ¢, states with g < p(t) should not 

be considered for the computation of the state distribution of the next time slot because 

these states have already violated the playout deadline by time ¢. Figure 4.2 illustrates
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the idea: the contribution of arrows starting from the shaded states should be eliminated. 

This can be done by setting 7,[A g+]], the (Kg+l)th element of 7 corresponding the state 

(g. 51), to 0 for g < p(t), 1 = 1,..., K, before using it to compute the state distribution 

of the next time slot. It is equivalent to modifying ® into ®U;, with 

Or ent) O U,- Kp(t)x Kp(t) 
(-1.9) 

0 I 

in each time slot. Then the probability of arriving at a state without having jitter by 

d; — 1 is given by 
d;-1 

Td;—-A = Tinit( II PU,). (4.10) 

t=-A 

And the value of the (A(i— 1) + k)th (k < k’) element of 

dj;—1 

Wy, = Fa 1B = Finel [] GU)® (11) 
t=-A 

is the state distribution by d;. given that there has been no jitter by d; — 1. And the 

(K(i—1)+k)th element of it represents the event that the client has only received i — | 

packets in channel state S; by d;. which is PU), ie., 

PAYG) = 7, [KG = 1) + Fi. (4.12) 

4.3.2 Next Jitter Probability Q)x(j,7) 

Next, we will study the distributions of the position of the subsequent jitter for the 

aforementioned jitter recovery buffering schemes.
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Figure 4.2: Arrows indicate the transition of states. The shaded blocks represent the 
states that have violated the playout deadline. The large arrow indicates the transition 

that introduces a jitter at packet g at time tf. 

Fixed Jitter Buffering Delay 

In the FBD scheme. every time a jitter occurs, the application stops displaying and buffers 

data for a fixed jitter buffering delay Dj. The procedure to find Qi.(j.2) is similar to 

that of finding the first jitter probability in section 4.3.1. We only need to imagine we 

start playing out the video from packet j with a empty buffer. Then (j — 1.57) is the 

virtual “initial” state. and Dj; is the virtual “initial” delay. Denote the virtual initial 

state distribution after a jitter occurs at (7, Si) as 

Fix (lO--- 0 1 0 --- Oj. (4.13) 

the (/(j-—1)+/) th element 

Then similar to equation (4.11), the state probability distribution at time d; of having 

no jitter by d; — 1 is given by 

m, =u [] eU,)e. (4.14) 
tad; —D
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And Qi«(j,2) is obtained by 

Qur(j.t) = 7a,[K (i — 1) + Kl. (4.15) 

Fixed Buffered Playout Data 

In the FPD scheme, after a jitter happens, the application stops playing out the video 

and buffers data until the number of packets in the buffer reaches Bj. Hf a jitter occurs 

at the jth packet, it will restart playing out the video once the (j + Bj. — 1th packet 

arrives. To find Qiz(j.2), we first have to find the probability distribution of restarting 

playout at state (g,.S;,), where g € [j + By — 1. 7+ Bju+ R— 2] represents the last packet 

received when display resumes. To find these probabilities. we construct a Markov chain 

of the receiver buffer during this buffering stage with transition probability matrix 

    

j-l LA, Ay Lae Ar 0) Lae 0 ] 

j 0 Ay Ay --- Ap O 

W= 54+ By, -2 0 -. 0 Ap A, -:: Ap |- (4.16) 

J+ By — | Q +: 0 I 0 

0 

j+ Birt R-2 | 0 .. 0 TT | 

States with g € [J+ Bju—1, 7+ Bjie+R—2] are modeled as absorption states, because once 

the system arrives at any one of these states, it exits the jitter recover buffering stage, and 

resumes playing out the video. Then the distribution of resuming display among these 

states can be obtained by solving the absorption probabilities of these states, starting
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from state (7 — 1, S;) [83]. 

Now we can compute Q,x(j,2) for the FPD scheme. Let 7; be the state distribution 

of exiting the buffering stage after a jitter at (j..S,). with each element of Kg +h, for 

g=I+ By -—1,...,9+ Bye + R—- 2 and h < K, equal to the absorption probability of 

the corresponding state (g, S,). Remember. after exiting the buffering stage, the system 

restarts playing out the video from packet 7. Then we can compute Q;%(j,¢) from 

d; —1 

mw, = 7 |] SUS. (4.17) 
t=dj; 

and 

Qne(F-t) = MLW LI + A]. TS i+ Bre (4.18) 

Moreover. in order to compare FPD with the FBD scheme. we want to quantify the 

jitter recover buffering delay of FPD. Since the delay is not constant. we will look into 

the expected buffering delay. The expected buffering delay after a jitter at (7, S;) can be 

obtained by solving the mean time to absorption of the above Markov chain W [33]. Let 

my, be the mean time to absorption into any one of the absorption states, starting from 

state S;. Then the expected buffering delay of the mth jitter is 

PL) K 

E{Pnb= DOP i). (4.19) 

Here we define D, = 0 if the nth jitter does not exist. And the expected total jitter 

buffering delay experienced by the client becomes 

oo P(L) K 

E{ Drotat} = y E{Da} = TOPO (4.20) 
n=1 i=1 k=1



4.3. INFINITE BUFFER CASE 44 

Then the average buffering delay per jitter can be given by 

  EX Deotat} _ ea Det ae 

E{N} 7 ate pe pi (5 ‘ (4.21) 

Fixcd Buffered Playout Time 

The FPT scheme is similar to the FPD scheme, except that. rather than buffering a fixed 

amount. of data before resuming display, the FPT scheme buffers data until the playout 

duration of these data reaches a fixed value Tj;,. One advantage of this scheme is that, 

when clisplay resumes, it is guaranteed that the next jitter is at least Tj; away in the 

future. This scheme is used in Windows Media Player and Real Player. 

The process to find Q;,(j.2) is similar to the one in the FPD scheme. The difference 

is that. for different values of the jitter position 7. the number of packets to buffer is 

pld; + Tj) — (J — 1). which is not a fixed number as it is in the FPD scheme. Then for 

cach jitter position 7, we have a Markov chain characterized by the transition probability 

matrix 

    

j-1i L Ay Ay Ap 0 0 | 

j 0 Ay Ay Arp 0 

Vi = — p(dj+Tjir) — 1 0 0 Ay A, Ap (4.22) 

p(d; + Tjit) 0 0 I 0 

0 

Pdj+Tjx)+R-1 | O 0 I 

Then we can compute the state distribution of exiting the buffering stage after a jitter
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at (j, Si). 731, by computing the absorption probabilities of Y; starting from state (j, 51). 

Similar to (4.17) and (4.18), we have 

dj-1 

Ta, = Mal] | PU), (4.23) 
t=d; 

and 

Que(J,i) = FL — 1) +8. (4.24) 

Further. for clifferent Y,. the mean time to absorption is different. We use m,(%) to 

denote the mean time to absorption of W;, starting from (¢ — 1..5;,). Then similar to the 

FPD scheme. the average buffering delay per jitter is given by 

EX Deotar$ _ ea ye) hy PL Cima (i) 

E{N} we pr) K Pe) 

n=1 ko] 

  

—
 +
 

bh
o 

Or
 

a
 

4.4 Finite Buffer Case 

In the previous sections. we have studied the case where the receiver butler size is infinite, 

or large enough, such that the amount of data received is not limited from above. Next, 

we study the case where the receiver buffer size is limited. 

Suppose the receiver buffer size is B. At anv video position t. we can have at most 

received p(t) + B packets. We consider systems in which the client continuously updates 

its buffer fullness to the server, the server stops sending data packets when it knows the 

receiver buffer is full, and the server restarts sending data packets once the buffer starts 

to empty again!. Figure 4.3 illustrates the state transitions in this case. The transitions 

to any state with g > p(t) + B should be merged into the states with g = p(t)+ B-—1. 
  

'This mechanism is vital, as jitters due to buffer overflow would occur without it.
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p(t-1)=g p(t}=g p(t+1)=g+1 

Figure 4.3: Solid arrows indicate the transition of states that should be considered. The 
shaded blocks indicate the states that have violated the playout deadline or that have 

surpassed the receiver buffer limit. The dotted arrow represents the state transitions that 

should be merged into the state transitions represented by the large solid arrow. 

This can be done by setting 

a(K(pt)+B-1+= So mlKg +0. (4.26) 
g2pt)+B-1 

and 7,[/Kg +1] = 0 for g > p(t) + B andl < K, while computing the state distribution. 

And this operation can be formulated in matrix multiplications similar to (4.10) as: 

dj—l 

Fa,1 =Finie( [[ BU). (4.27) 
t=-A
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where 

pt)+B-1 

On p(t)x Kp(t) 0 0 0 

0 I _1)xK(B— 0 Q Ul = K(B-1)xK(B-1) | (4.28) 

0 0 I’ 0 

0 0 0 0 

and 

Yo = [lex ++ Lexk]’. (4.29) 
—_———_—”’ 

R+1 

I’ here isa K(R+1) x W matrix. By doing this. anv state with g > p(t) + B is merged 

into a state with g = p(t) + B —1 according to its channel state. Then (4.11) can be 

rewritten as 
d;—] 

Fy, = Fini( [] ®U)®. (4.30) 
t=-—A 

The process is similar while computing Q:.(j.7). We only need to replace U; with 

U; in (4.17) and (4.23). and in (4.14) for ¢ > d;. In (4.14) when t < d;, we should set 

j+B-1 

On jx Kk; 0 0 Q 

0 I Dx (Be 0 0 Ul = K(B-1)«K(B-1) | (4.31) 

0 0 I’ 0 

0 0 0 0
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Video name Parameters of the video stream 

Mean bit rate (per sec) | Peak bit rate (per sec) 

Alpin Ski 1.8247e+05 3.0248e+06 

Formula 1 1.7754e+05 2.1428e+06 

Jurassic 1.7100e+05 3.1668e+06           
Table 4.2: Parameters of different video streams 

because within the buffering delay, the buffer can contain up to the (j + B—1)th packet. 

4.5 Experiment and Numerical Results 

In this section. we apply the proposed analytical framework to study how different jitter 

recovering schemes and the choice of parameters affect the jitter performance in VBR 

video streaming. The analysis results are validated by comparison with simulation results. 

We further investigate the optimal balance between jitters and buffering delay. 

4.5.1 Experimental Setup 

We experiment on wireless streaming using the same MPEG-4 VBR viceo traces we use 

in chapter 3. To emulate a realistic wireless channel. we adopt a three-state extended 

Gilbert model shown in figure 3.4 as the VBR channel model (i-e., k = 2). with transition 

probabilities Pr{O0|1} = 0.1. Pr{0|10} = 0.5 and Pr{0|00} = 0.8. Then the transition 

matrixes are constructed by 

Ap = | 0 0 0.5 |. and Ay = | 0.5 0 0 

) 0 0.8 0.2 0 0
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Figure 4.b: Frequency of jitters vs. Dji¢/Bjie/Tji, for FBD/FPD/FPT scheme for video 
“Alpin Ski” 

We set. the packet size to 1800 bytes and the time interval between two consecutive 

transmission to 80 ms. 

bit /s. 

This results in a maximum transmission bit rate of 180,000 

For different initial delay values. receiver buffer sizes and jitter recover scheme 

parameters, we simulate in Matlab the transmission and playback of each video sequence 

over 200 realizations of the random VBR channel and measure the number of jitters and 

the buffering delay of each jitter. Furthermore, we compute the expected number of 

jitters and expected buffering delay based on the proposed analysis and compare them 

with the simulation results.
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4.5.2 Numerical Validation 

In Figure 4.4, we plot the frequency of jitters vs. jitter recovery parameters for video 

“Alpin Ski” in different initial delay and receiver buffer size settings. Figure 4.4(a) and 

4.4(cd) are based on the fixed jitter buffering delay FBD scheme as in 4.3.2. Figure 

4.4(b) and 4.4(e) are based on the fixed jitter buflered playout data FPD scheme as 

in 4.3.2. Figure 4.4(c) and 4.4(f) are based on the FPT scheme as in 4.3.2. The 95% 

confidence intervals for the simulations are also shown in these figures. We observe good 

match between the derived expected number of jitters and simulation. Similar results 

are observed for different. playback curves and omitted to rectice redundancy. 

It can be seen in Figure 4.4(a) that, for all initial delay and buffer size settings, 

we observe a deminishing gain by increasing Dj, on the performance: the number of 

jitters decreases dramatically as Dji increases at the beginning and then slowly after 

Dy surpasses a certain value. We also observe that for a fixed buffer size, a larger 

initial clelay results in a smaller number of jitters and a more dramatic decrease as Djit 

increases. On the other hand, for a fixed initial delay, a larger bufler size also results in 

fewer jitters and a sharper drop. 

The practical implication of this observation is clear. The jitter buffering delay is a 

clelicate parameter in the optimal design of multimedia streaming. Increasing the jitter 

buffering delay can drastically reduce the number of jitters, but only up to a certain level. 

Beyond that. the improvement is negligible, and the long jitter buffer delay may actually 

harm the prospected quality of the streaming. 

Similar observations can be found in other jitter-recovery buffering schemes.
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Figure 4.5: Comparison of three jitter recovery buffering schemes. Jitter vs. average 

jitter recover buffering delay. 

4.5.3. Comparison of Jitter-Recovery Buffering Schemes 

In Figure 4.5 we plot the jitter frequency vs. expected buflering delay of the three afore- 

mentioned jitter recovery schemes, with different fixed initial delavs and receiver buffer 

sizes. For the FBD scheme, the expected delay is just Dj. For the FPD and FPT 

schemes, the expected delays are given by equation (4.21) and (4.25). It is interesting to 

note that these schemes have very close performance in terms of jitter frequency. 

However. as shown in Figure 4.6, the FBD scheme has zero delay variance because 

the delay is fixed. while the other two schemes have large clelay variances. Moreover, the 

FPT scheme has a much larger variance than the FPD scheme. It is because in the FPT 

scheme, the amount of data that has to be buffered varies drastically when jitter occurs 

at different position in the video, and hence results in more fluctuations, in comparison 

with the FPD scheme, which always buffers for a fixed amount of data. In another words. 

while jitters can not occur close to each other in the FPT scheme, it is more likely to
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labeled on the curves. 

have unacceptably long buffering delay compared with the other two schemes.
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4.5.4 Optimal Delay-Buffer Tradeoff 

Finally, we consider the optimal tradeoff between the initial playback delay A and the 

receiver buffer size B in video streaming. In most cases, long buflering delay in the micelle 

of a streaming session is less acceptable for a streaming client. Therefore, a client may 

impose stiff constraints on the jitter recovery buffering delay and may wish to tradeoff the 

initial delay and the receiver buffer size for a lower frequency of jitters. Figure 4.7 shows 

contour maps for the initial delay and the buffer size that achieve different frequencies of 

jitters. for different fixed jitter recover buffering delays. 

We observe that the right branch of a contour curve is roughly horizontal. This 

suggests that when the buffer size is fixed, increasing the initial delay can only clecrease 

the frequency of jitters to a certain level. When A is large enough, the buffer is alwavs 

filled up during the initial delay. and the display of the video always begins with a full 

buffer. Further increasing the initial delay will not change this situation. resulting in 

no improvement of performance. Similarly, the left branch of a contour curve is roughly 

vertical. The rational behind this is that, when PB is large enough, the receiver buffer 

will never be completely filled throughout a streaming session, which is equivalent to 

the case with infinite buffer. Finally, these figures provide a convenient means to obtain 

an optimal operating point for the system that balances the tradeoff between A and B, 

given a certain required frequency of jitters and jitter recovery buffering delay. If we 

define a cost function as a weighted sum of the two 

C=aA+(1-a)B, (4.32) 

where a € [0,1], then to minimize this cost function, we simply find the tangent line
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a 

al" 
  of the corresponding contour curve with slope The point of contact between the 

tangent line and the contour curve, given any value of frequency of jitter, defines the 

optimal operating point for the system. An illustration of such a procedure is shown in 

Figure 4.7(a).



Chapter 5 

Concluding Remarks 

In this thesis. we have considered the problem of providing QoS to VBR encoded video 

streaming service over random VBR channels. Partial of our research have been published 

in QShine 2006 [34] and INFOCOM 2007 [35]. We have shown that, when some statistical 

characteristics of the channel, such as the maximum bandwidth and the channel state 

transition probability. are available. a certain level of QoS can be guaranteed by selecting 

appropriate startup delay, buffer sizes, and jitter recover schemes. 

We first present an analytical framework that only requires knowledge of the play- 

back curve. the maximum channel bit rate, and general statistics of the channel. The 

probability bounds for buffer underflow and overflow have been derived for both the in- 

finite buffer and finite buffer cases. We demonstrate the application of this analytical 

framework to a wireless access network with a generic extended Gilbert model and ARQ 

error control. Numerical and experimental results using MPEG-4 encoded VBR video 

traces validate our findings. The computed bounds allow precise estimation of the effect 

of startup delay and receiver buffer size, especially within system parameter ranges that 

lead to acceptable jitter free probabilities. 

55
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We then present an analytical framework that only requires knowledge of the playback 

curve and a generic Markov VBR channel model. The frequency of jitters and the 

expected jitter recovery buffering delay have been derived for both the infinite buffer 

and finite buffer cases. Numerical and experimental results using MPEG-4 encoded 

VBR video traces validate our findings. The proposed numerical analysis allow precise 

estimation of the effect of the choice of jitter recovery schemes, initial playout delay and 

receiver buffer size. 

To practical streaming system designers. the proposed analvsis techniques provide 

convenient frameworks to optimize the tradeoffs between the various system parameters 

for optimal VBR multimedia streaming over random VBR channels.
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