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ABSTRACT

Recently, there are more and more people using video streaming services through
intelligent mobile devices, including on-demand video and video conference. Since
these mobile devices often support the dual-mode or multi-mode network interfaces,
it will switch to the best quality network while doing video streaming services by
vertical handover. In the handover process, the burst packet loss or delay delivery
will be more serious than the same events happened in ordinary wireless channels,
and it will reduce the video quality obviously. Although the literature has proposed
the “playout buffer monitoringmechanism” and-“arrival rate monitoring mechanism”

o ==
to control playout rate, they canmot effectively sol(s}e'the problems occurred during
vertical handover. Accordlng tio th;sﬁwe use adaptlve medla playout" technology

in this thesis. By slightly decreasm plg@uﬁ q‘ate it ¢ould increase the proportion
of playable frame to 1mprove the v1|:1 0 a 155;7 1n! small, intermittent packet loss and
delay network condition. Flrstly, virel refer the é aracterletlc of vertical handover to
predict “handover time” and “handover duratlon 750 obtam the handover remaining
time and the handover spending time.’ Secondly, we provide above cross-layer infor-
mation to “adaptive media playout”, then using the schedule to plan the technology
execution time and duration. We also design different algorithms to handle the user
mobility. We use NS-2 to be the simulation platform to verify the proposed adaptive
media playout technology. From the simulation results, we could find out that the

proposed technique can effectively improve the impact of the video streaming quality

on heterogeneous network handover.
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Chapter 1

INTRODUCTION

Recently, some advanced communication media continues be published and im-
proved. Nowadays, more and more people are using broadband network to do many
things like getting everyday news, talking with net-pals, playing on-line games, hold-
ing video conferences, doing distance educations, watching live ball games, etc. We
can imagine that video streaming is one of the most successful and popular appli-
cations in communication world. There are many ways and products using video
streaming technology, like IPTVs for ball games [2|, web cameras for video confer-
ences and distance educations, network cameras for surveillance systems, and even
TV-guided missiles [3], etc. We_can roughly separate the video streaming transmis-
sion ways from on-demand streaming and live,;st‘ream:ing; the former has some popular
applications to be examples like YouTube |4] and I"m’;‘-\/log |5], and the latter also has
some popular examples lik;e_i’PPStrez'@m{l‘G], high%nnel [7];7_':C_{mail talk [8], etc. We will
focus on video quality c¢hanging When.,:us'_.iﬂn!gllive 'streamihg afterward.

The video quality becomes unsta le’@aﬁs y’ when audiences move and use some
mobile devices to play live strearniln ; li]ﬁE_‘l.cell,I%hone and vehicle TV. The devices
may support some types of witeless network or mobile telephony communications
protocols to receive the streixﬁing, llke IBEE SJUL_lﬁe [9], IEEE 802.11p [10], ETSI
GSM [11], and 3GPP HSDPA [ILQK]Ei"Figure 1 is:an é-;cample to describe a mobile node
going through the several WiMAX 802.16¢-2005 and WiFi 802.11b base stations signal
range. If the mobile node (MN) has 802.11b and 802.16e such two network modes
to switch, it is able to choose 802.11b mode to receive the streaming if the channel
condition is better. When the MN finds out the received signal strength from 802.11b

base station is lower than a threshold, the device will switch back to the 802.16e mode.

The switching to another type of network procedure named vertical handover, and
it will cause such as frame burst delay, buffer underflow and video interruption some
serious problems.

Nowadays, there are some powerful techniques published to reduce the effect of
network conditions on video quality. In Application Layer, loss concealment and
error resilience two optional tools have already implemented in MPEG-4 standard

[13]. In Transport Layer, some papers verify that using TCP-friendly to do the rate



Video Live Streaming Provi

AOMDV [14] is able to redu
Layer, IEEE 802.11e Efapda

video quality as above, we cq-:"' d'not guarantee| that the W’hole network has already
supported QoS techniques 1n..reahﬁtlz%m? T1heref;ore our objective is to keep
high video quality by modifying ihe VIdeo proxflderlarlid receiver only in Application
Layer. We treat the lower layers as a éIﬂf’ck’Box and just outputting the parameters
from it to judge the network condition, like the end-to-end delay, jitter, packet loss
situation, etc. Some powerful techniques are already published to reduce the problem,
such as loss concealment and error resilient mentioned before. About the codec-
based techniques, SSC (Single Sub-stream Coding) and MSC (Multiple Sub-stream
Coding) could adapt to the network condition; about the network-based techniques,
transmission rate adaptation, frame rate adaptation, adaptive media playout, priority
frame transmission are proposed.

Although there are many ways to improve the video quality, only few approaches
are able to be used in live streaming condition, and few of them could reduce the

video distortion from vertical handover. Adaptive media playout (AMP) is one of the



efficient techniques, and it is suitable be applied in the network condition. The con-
cept of AMP is adapting playout frame interval to improve frame recevied percentage
before its playout deadline. About conventional AMP, it usually considers the buffer
fullness to decide playout interval, but it is not suitable to fit in vertical handover
case because it does not have enough time to postpone playout time when it finds out
that the buffer becomes underflow due to vertical handover. For the reason, we refer
to the original concept of AMP and then realizing it in vertical handover network
condition.

To realize, we create two network acquirement parts to get the essential network
information, which will be the input to AMP core decision part. Handover prediction
time part is to get the remaining time and distance to handover by using statistical
approach. Because we use propagation shadowing model to be our network model,
handover prediction time part also has to get the network environment parameters
before calculating. After getting the parameters, it will start to get the distance
between the mobile node and the base,station, and thus it could get the remaining
time and distance to handover.. The p’ur'posefbf handover duration prediction part is
to get the time spending durlng 58 handover) BBl part uses theoretical approach
to get the handover duratlon and the., output-wﬂl relate to the playout postponing
time. We will detail the two parts in Chapteﬂ?

AMP core decision part is to de¢i em'epgcutlon time, duration and strength,
based on network acquirement parts Al\ﬁl{? execiutlon duration decision is based on
the output from handover duratio art'i)z-sicat to deci-de the playout postponing
time requirement before handover to-preventvideo 1nterrupt1on AMP execution time
and strength are based on the output from handover time prediction part. To guar-
antee achieving the goal after considering the effects of shadowing network and some
uncertain events, AMP core decision part uses a concept of frame storing schedule and
checkpoint to adjust and update playout rate. We will detail the part in Chapter 4.

After our proposed AMP is accomplished, we will analyze and compare the al-
gorithm formation with other AMPs and do a series of simulations. The simulation
results show that our proposed AMP could improve the quality of video live-streaming
over vertical handover scenario. We will detail the simulation and results in Chapter 5.

Finally, Chapter 6 concludes the thesis and the future work is depicted as well.
Additionally, there is a VDoP minimization framework achieved by using roll-off
approach in this chapter. VDoP is a kind of video quality evaluation tool to calculate

varying of playout interval.



Chapter 2

BACKGROUND AND MOTIVATION

This chapter provides the background and motivation for the research. First, we
give a general overview of the video streaming system, on-demand streaming and
live streaming, and both of them are popular used in nowadays, and we will focus
on live streaming case afterward. Then we introduce some network-based improve-
ment techniques like the concept of AMP and roll-off. Next, we will discuss some
phenomena happened in different network layers during vertical handover and some
solving approaches. We will point out the shortcomings of the approaches, including
the conventional AMP. We believe that our proposed AMP could obviously improve
the video quality in vertical handover dluratior} by listing some characteristics.

EY

2.1 Video Streanﬁng Systemi<

Video streaming is one of 'the network conteqts transimitted from server to client.
Different from some ordinary data co teﬁ Vldle@ streaming server sends video pack-
ets which are separated from wideo f arne?[ We cpuld separate the sending, receiving
and playout ways to three Kinds of/ methe és Ee ides, the network stability require-
ment and time sensitivity Of:.ﬁft-hemqre quite dlllﬂ’iarent. “Then we will introduce two

video quality evaluation tools. which will'be used i Chapter 5.

2.1.1 System Structure

When a client receives video packets from a server, it begins to assemble to frames
and prepares to play, and there are three kinds of playing methods. The first method
is very like traditional data file transmission; media player begins to play after receiver
downloads whole video “file”. The audience may have to wait for a long time before
the media player begins to play-out, but this method can promise of the video quality
because it is independent of network condition; in other words, the quality is locked
by video file provider. This method is not mentioned anymore because the challenge
to this territory is not attracted. The remaining two ways to play video streaming
are on-demand streaming and live streaming. Some kinds of IPTV [2] is an examples

of the former, and video conference is an examples of the latter. We consider live
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streaming such video transmission method to improve quality afterwards.

2.1.1.1 On-Demand Streaming

The most obvious difference between on-demand streaming and live streaming is
that the time sensitivity of the former is less than the latter, and video server has
such file to transmit. Different from traditional file downloading approach, receiver
begins to play streaming before it finishes downloading whole file, and the progress
of playing relates with how percentage the video file downloads. RTSP (Real Time
Streaming Protocol, RFC 2326, [16]) is an existent protocol to make a rule in ap-
plication level, to provide an extensible framework to enable controlled, on-demand
delivery. Because of this protocol, we can press play, stop, pause bottoms to con-
trol video streaming. Not like live streaming, the changeable network condition does
not seriously impact video quality when using on-demand streaming, at most audi-
ence does not feel comfortably when media player pauses playing because of playing
procedure catches download procedure, and continues playing because of download

procedure holds time to continue receiving video packets during media player pause

playing.

e -
f N
'r

2.1.1.2  Live Streaming Fa ) gy
=:q |

Previously, the only' way te W21t h {B'aéePall games was using TV if people
did not go to the ball field;but now|they ,_,_ave'l ore than one choice to achieve the
goal. Some streaming proviggrs forv{rard live st%r amin‘g;.in Internet to let people be
convenient to watch live game./ Because the*duration limitation from encoded to
playout is much strict, live streaming 4§ very Sensitive to the network condition. For
above reason, packet loss, delay, and jitter such network characteristics will impact
the quality of video. Because the duration between event happens and event played
is short, it is not very efficient to retransmit. In video conference case, it even only
allows hundreds milliseconds delay from encoded, transmitted to playout, and thus

the network condition becomes the main reason to cause unstable video quality.

2.1.2 Video Quality Evaluation Tool

There are some tools to measure video quality, and it means that how degree does
the coding parameters and network condition impact the quality. The most common
used tool is PSNR (Peak Signal-to-Noise Ratio), to compare every pixels between

original and playout picture. And there is another tool named DoP, to measure the
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total latency and playout quality. The score of DoP is quite important to prevent the
playout tool from just delaying the playout time to make frames received correctly

but ignoring audience requirements and feelings in live streaming.

2.1.2.1 MSFE and PSNR

We have already known that video is composed of pictures, so we can use the same
way to measure video quality: one frame one score. When PSNR is higher, it means
that the two pictures are more similar, and the difference between them is smaller.

PSNR uses MSE (Mean Square Error) to measure the error degree between them:

,_.

m—1n—1

MSE = !
m X n

K (i; §))*, (2.1)

=0 ]:0
where [ (i; j) means the value of the original pixels, K (i; j) means the value of
the compared pixels, and there are m x.m pixels per frame. PSNR uses this value to

be the noise and do the calculation: -,
r =5

‘> MAX?
PSNR 210 x log (T )

Here, M AX7 is the maximum po§slble pixel value 'of the image. If the pixels we
calculating are representedsusing 8 bits W‘)le thevalue of M AX7 is 255. So the
maximum value of MSE is 255 andl hus H§NR llb zero. There are many signals have

(2.2)

a very wide dynamic range, S0 it 11 he Teason lanat why PSNR is usually expressed

({ale H

in terms of the logarithmie dembel

2.1.2.2 DoP and VDoP

There is a shortcoming of PSNR which just measures the difference between orig-
inal and playout frames because it does not have concept of time when we consider
live streaming. Audiences want both playout rate deviation as small as possible, in
high video quality requirement. And that is the purpose of the DoP (Distortion of
Playout) and VDoP (Variance of Distortion of Playout) [17]. DoP and VDoP derive
from VoD (variance of discontinuity) [18], which captures the disruptive effect of un-
derflow and of intentionally introduced gaps. DoP and VDoP are used to capture the
effects on users perceived quality. In this thesis, the main target of DoP is to take
the effects of playout rate deviation, underflow and packet loss for some reasons into

consideration concurrently because we will use AMP to improve the video quality
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impacted by network, and we use the same definition as [19] which also use this tool
to compare the purposed AMP with other AMPs.
The DoP is defined by!

‘tRAN +15— T| , if 158 frame of a certain preroll is played,
DoP (i) = { |t; = T|, if i frame is played,
T, if the frame is lost,
(2.3)
where %4V is a random variable between the range from buffer underflow to the
first new playout, and ¢; is the actual playout interval between jt frame and (j + 1)th
frame, and T means the normal playout duration. In this thesis, we set the value of
T is 40 milliseconds when playout rate is 25 frames per second.
And then we could define the meaning of DoP and variance of VDoP:

e

NLOSS | NTOL & NLOSS LNTOL

V! DoP (57 .- M DoP? (3
DoP = 251 G (J), VDoP:ZJ'_“l" oP3) (DoP)”,

NLOSS | NTOL NLOSé‘ 4+ NTOL
where N*955 ig the number of ifp&mlg_lgs;}s“*

Loal I P "
b f

5 and NTOL ig the number of playout
"-F’i'q}; ' '
—1

If our proposed AMP were goodle oug’]t_the,r{nain element to let DoP (j) increase
only remaining |t; — T[. Because i& P 'ElgIays't‘ime to_p-revent buffer underflow or

frames.

hurries time to prevent buffer: év,erl ow, itewill c:& s__(_e:this:-value varying in contrast to
normal playout way and worse 'L'\KffDoR,v-angl ity will -izaécome a main topic we have to
solve. :

In this thesis, we both want to get a low VDoP and high PSNR score at the same
time, and our purposed AMP will consider about this two phases to make the control
decision. We know that the way to prevent PSNR being low is that we have to let
the number of received frames as many as possible, and the way to prevent DoP and
VDoP being high is that we have to achieve a balance between the following goals.
The first goal is to make the playout rate smooth and close to original playout rate.

Another goal is to keep the media player always having frames to playout.

!The definition of DoP in [19] uses “packet” to be a unit, but actually it is more significant if
using “frame” to be a unit.
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Figure 2: A Sketch of AMP . profit: changmg the thlrd frame playout time to prevent
frame dropped due to timeéout {1}

2.2 Network- Ba,sed Improvement Techniques: AMP
and Roll-eff Func,f 07

2.2.1 Adaptive Media Play0u£

Adaptive media playout (A‘MP)Iiég one of apﬁlr‘:oaches fo'adapt changeable channel
condition. The main idea of AMP is_to change playout frame interval but it is an
imperceptible change in audience feeliﬁg. The media player could use it to postpone
buffer underflow happened when it playout slower, or to postpone buffer overflow
happened when it playout faster. Figure 2 is a sketch of AMP which could explain
the benefit of AMP. From [20], it indicates that from informal subjective tests, and
it slows that people often would unnoticeable even if playout rate of video is up or
down 25%. From the information above, it means that we could increase playout rate
to 1.25 times the original rate or decrease playout rate to 0.75 times the original rate.
If we set initial frame playout interval is T in default, AMP could adjust the playout
interval from 41/3 to 4T/5 and the audience could not notice speed change.

AMP control is useful in many cases and we are easily to imagine that it will get
a good video quality even in bad channel condition if designed well, because it makes

loss packet’s have more time to let receiver get correct packet before its playout. So
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we could also image that if we add AMP element in our live streaming media player,
we will get a much higher video quality and let our sight more comfortable comparing
with other control approaches. AMP control approaches can be omnipresent, and it
will reduce buffer overflow or underflow event when media player finds out the buffer
has such trend by using its prediction mode, and then it uses AMP to reduce the

phenomena.

2.2.2 Roll-off Function

To reduce VDoP, we use roll-off function to get the job. [19] wants to reduce the
VDoP when using AMP mechanism, and it uses the quadratic function rather than
the linear function to adjust the playout rates. The author refers to the number of
packets in playout buffer to adjust the playout rate. Similarly, we use this way to
create our roll-off function, which refer to the relation between t and P. Below is an
example of the roll-off function, which relates to AMP execution strength and the

roll-off execution duration: i =
1 74! :

- tstop L 2
R (t = <tstop e tsta'rt) >EP’ (25)

which 59" and t%%P are the roll fo functforf start and stop execution time, and
P is AMP execution strength. Ther s_é?'ﬁb\ilbus difference between [19] and our
proposed roll-off function. The reaﬁjo S aﬂ; the Illesults will show in Chapter 5. And
in the extension part of the thes1s n Chapter 611, we will design roll-off function for
minimizing VDoP after we ﬁnd out allarge frambz Lelay gap happened in some special
events. We will keep the balance between frame’ storlng efficiency and VDoP required
by the MN.

There are some rules for our function design listed below:
e The playout interval has to strictly increasing or decreasing.

e AMP will store or release an additional frame exactly in the end of roll-off

execution in default.
e The time duration of roll-off execution has to be within a range.

Next, we introduce and describe linear roll-off function simply here, which is a special
case of polynomial roll-off functions:
Figure 3 is a sketch of linear roll-off function, which describes the relation between

the function execution duration and AMP execution strength. Linear roll-off function
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Addition Delay
Decision (f;) (sec)

fif—> . E : E : i Time
t t t t t >  Execution
ng n n, n, n, Np1 Np (sec)

Figure 3: A sketch of linear roll-off function

2 —-’!K:‘
will choose f; to be the ciirrent] AMP” execution s’t—r:e'ngth when it playout i frame
from n; to n;1; time. We suppose that we begln to do’ the roll-off immediately to
simply the situation after we recelve and playeut the Jth frame and set the received,
playout time and additional playout de;liﬁ.b | 1, n1, and fi, respectively. Because
f11s 0 in the beginning of roll-off eJ( (:utlg[}l the Playout time of the next frame (ng)

is equal to ms again.” We could get a rule that
alnd faa]n oﬁer words, when the MN in time n;

prepares to playout 7" frame, it ‘will refer to fZ and decide the playout speed, and the

is not impacted by f; and’thus n

the place of n;, is impacteds by b

decision will impact the playout frame interval and the next playout time (n;41), so
that n;.1 = T + n; + f;.-We define fo = K to simplify the functions representation.

Because the function is linear, the slope coefficient is all the same everywhere, and

f _ f K _
we could write £ L80 7 = 2']1‘+IC =2K —|—
and we also Could use thls method to get fy = 3K —i— 3K T+ (g > and other f;. Because
there are some relations between each n;, thus we could find a rule like:
ni=Txi+» f (2.6)
n=1
and we already know that
m; =T X 1, (2.7)

which means the ¥ frame in roll-off zone received time in ideal case, so we could
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Figure 4: The relation between roll- off execqtlon duratlon and accumulation addi-
tional received-to-playout delay+: .

directly get the DoP (i) in’ separate pla’xout fran?es after knowmg from f; to f;.
Because we know that n; — m; | F}:"ﬂ: f_,;‘V |a1|1d when Zn 1 [ is equal to T, the
roll-off will finish and store an addlitl n‘f’:mé lWe ¢ould plot the relation between
the linear roll-off function exXecution duration an%l the “acénmulation” additional delay
j 1ike Figure kll

that it should not achieve the goal‘in the'end of rollzoff, neither we could not promise

between received and playoug{fram Frofi‘the figure, we could find out
that it is the minimum VDoP. Bry us'iﬁg the ‘similar works, we could get a suitable

roll-off function in different kinds of situations.

2.3 Characteristic of Heterogeneous Handover

Nowadays, WLAN (Wireless Local Area Network) [21], MAN (Metropolitan Area
Network) [22] and WAN (Wide Area Network) [23] overlap with each other in many
cities. When a mobile user has at least two in three kinds of network interfaces, it
has to face with heterogeneous handover between the different networks when the
interfaces support this technique. Although many papers mention about the “seam-

less vertical handover” technique and declare that they achieve this goal between



2.4. SOME REPRESENTABLE APPROACHES TO SOLVE VIDEO INTERRUPTION
DURING HANDOVER 12

heterogeneous networks by considering some elements to enhance the handover per-
formance, like using MIH? and mobile IPv6 (MIPv6), to do the handover [25-30].
Their goal is to reduce the handover delay and the packet loss, delay, during han-
dover, by modifying MAC Layer and interaction between MIH and other network
layers. Contrarily, we do not want to modify the network layers except Application
Layer. We just monitor their behaviors to be our proposed AMP references and do a
series of decisions to achieve our goal: preventing video interruption during handover
procedure.

We suppose a mixed phenomena to design our AMP for build a more complex and
true loss model. We replace simple packet loss model, like random uniform model
and Gilbert-Elliott model used in most common AMP papers. We use propagation
shadowing model to be our main packet loss reason in common situation mentioned
in previous section, and we use heterogeneous handover condition to be our burst
packet delay reason in special situation. The definition of bust delay is that several
packets delay to receive, and therdelay time is,above several hundreds of millisecond
or even several seconds. Our scheme'is that,“a mobile node is in WMAN/WWAN
range and receiving video strearnlng all the timepand it goes through WLAN range

and doing heterogeneous handover een51der1ng shadowmg network in the whole of

situation. f .

We focus on WMAN/WWAN hande’%'!fd, WLAN and WLAN handover back
to WMAN/WWAN twe events, W}Le e Wﬁl'suffer from packet burst delay and link
interruption between the transmlttér‘ andqrecelver We hope that our proposed AMP
scheme could reduce the handover mfpact and rriake audiences are not aware of video
interruption. By using NIST W1MAX;=NS—2 module, we could simulate the scenario
and reveal the phenomena during the-handover like Fig. 5, which shows that the
streaming interruption occurs when the mobile node handover from WiFi AP to
WiMAX base station. From the figure, we could find out that there is no packet

received in the handover duration.

2.4 Some Representable Approaches to Solve Video
Interruption during Handover

Some papers have already discussed about how does handover impact video stream-

ing and already had some solution approaches. We could divide the solution ways

2Media Independent Handover, also named IEEE 802.21, is used to enable handover and inter-
operability between heterogeneous network types including both 802 and non 802 networks. [24]
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Figure 5: The throughput between CBR traffic server and mobile node while handover
from WiFi to WiMAX by using hard handover approach

A,
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into two parts: one part is basdd on lowfér layé.rs hke Tfansport Layer, Routing Layer,

MAC Layer, and another p-art }s'fba

A
layers behavoirs. o
e

n Ap tmm Layer by monitoring the lower

-

<

Some solution Way&based on ng twotk layers except ~Apphcat10n Layer are listed
below examples. Many papers have falre scussed aboyt how to achieve “seamless
handover” to reduce packet lo we do not mention about the
topic here. |31] modiﬁes‘I.éF—f

supports. [32] makes MITH ceﬁ_""c statisti ysreal Network and Application

a h1gﬁher QoS and throughput

Layers, and update the V1deg. en

Some solution ways based on Aﬂpphcaﬂion La}yer are hsted below examples. [33]
models handover spending time and foedback concept to adapt the playout rate dur-
ing vertical handover; it estimates the required pre-buffering size by referring both
handover duration and transient packet losses. [34] adapts the rate during vertical
handover to provide uninterrupted streaming sessions to mobile terminals. [35] uses
RSSI monitoring to predict handover time, which is an important information to de-
cide playout rate in the thesis. In VoIP territory, [36] does a proper reconstruction
of continuous playout speech is achieved by scaling individual voice packets using a
time-scale modification technique, based on the Waveform Similarity Overlap-Add
(WSOLA) algorithm. |37] uses AMP in audio packet, based on whether handover

event is detected or not. |38] refers other layers information to decide AMP.
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2.5 Conventional Adaptive Media Playout Mech-
anism

Conventional adaptive media playout mechanisms could reduce the user-perceived
latencies causing for the characteristics of network, and it allows clients to buffer
several packets to produce less delay to keep playout reliability [1]. AMP has some
functions to prevent buffer overflow and underflow, and it also could reduce initial
playout delay. It could observe current throughput, channel condition, and available
bandwidth to estimate frame arrival rate and buffer state to decide playout speed,
and thus it could conceal packet delay events to make the audiences unnoticed.

Although some good thinking about AMP already proposed, most of them still
use simple models and cases to do the simulation and analysis results; [20, 39| have
some special but not so reasonable hypotheses to simplify their simulation platforms
and the simulation objects. For example, the number of packet segments is the same
between different I-frames and P-frames from the former proposed, and the round-
trip-time (RTT) is constant from the latter proposed [40] adds wireless element to
the simulation model and iises ANMP0 optimize Vldeo rate-distortion, but it still does
not consider the characteristics of v1deo streammg, |41} propose a concept of playout
smooth to improve visual quahty but g;annot be tsed in live streaming. [33] estimates
handover latency and packet loss by m@am:aéld:al modely and it also uses feedback
approach to do AM, but the model's ill hfs som(% spaces to improve.

The summary of the:short¢omings is Below, and our goal is to deal with the
problem and design a better AMP hdodule ! |

e Although packet delay and Jltter is unpredlctable in their network environment,
AMP approach still could be replaced with other tools like FEC/ARQ), etc.

e Although some papers already propose handover prediction time and duration
mechanisms based on model and the signal power, they do not consider the

mobile node mobility, which will impact handover time.

e The simulation platform and environment settings are simple, and even some of
papers just consider non real-time video streaming, so they do not set artificial

end-to-end delay constraint.

AMP is able to solve some events happened in general network cases, like sporadic
packets loss, jitter and delay. We also have already known that the conventional

AMP and some approaches could not prevent video interruption event or reduce
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Handover Time Prediction
(input: received power)

(output: remaining time/distance to handover) .
AMP Core Decision

(input: remaining time/distance to handover,

time spending on handover)
Handover Duration Prediction / (output: AMP execution time/duration/strength)
(input: network system structure)
(output: time spending on handover)

Figure 6: A sketch of proposed AMP

the duration efficiently in packet burst delay cases such as heterogeneous handover

procedure, and the event certainly exists in normal network condition.

2.6 Proposed AMP Description

AMP is an efficient concept able to reduce packet loss, delay and jitter effects,
because it could adjust video playout.ratesto. postpone frame deadline. We could
extend the concept and modify it to-fitsin the metwork environment.

We have already known the network envu"onment will cause scattered packet de-
lay due to shadowing network meodel and burst packet delay due to heterogeneous
handover. Our proposed AMP" has £6-aim at’ v1de0 mterrfuption avoidance but also
has to consider shadowing network ?Ffeet fﬁ }pas to add some additional functions
to detect or predict the event happ ed‘fﬁ’;{e anq duration to-decide AMP execution
time, strength and duration: Thus; we ugf haﬂdover time prediction part and han-
dover duration prediction part 10 c[)llect the mfpfimatlon from network environment,
and then we use AMP core algorlthm part to deCLde the time to execute AMP and
its execution strength.

The sketch of Proposed AMP is'in Flgure 6.



Chapter 3

VERTICAL HANDOVER TIME AND DURATION
PREDICTION

From the previous chapters, we have already known that heterogeneous handover
is one of the cases which would cause burst video packet delay while receiver getting
live video streaming, and we also knew that AMP is one of efficient tools could reduce
the effect. But we could not find an useful AMP to fit for this network condition.
Therefore, we start to design our AMP which have powerful capability to face this
situation and solve the problem. In this chapter, we propose a mechanism which
could hold the essential handover information;to be the input of core AMP decision
part. We will detail AMP decision part in the next chapter.

Different from conventionalxAMP s1mulat10n env1ronment we use propagation
shadowing channel network model replacing Markov cham to be the source of packet

loss; we seriously discuss the effects’of” netwq-rk and the receiver conditions on AMP

| i
execution strength decision. ,.;—: s |

In Section 3.1, we will do ‘& serlfs of'f‘.@i; ol predlct remaining time and distance
to handover. In Section 3.2; we “I isc

ll constructllaﬁ feedback mechanism between the

thel ﬁandover duration in different types
of networks. In Section 3.3, we
media server and receiver to.allow: theformerto get: the handover information and
delay frames transmission during the handoverif needs.

We could use Figure 7 to show the simplified relation between two outer infor-
mation gainer and AMP core decision. When MN enters WLAN AP signal range,
the flow chart starts from the left side. The shading in the rectangle designates the
beginning state; the backward diagonal lines in the rectangle designates handover
time prediction in Section 3.1, the forward diagonal lines in the rectangle designates
handover duration in Section 3.2, and the grid lines in the rectangle designates AMP

decision in Chapter 4.

3.1 Handover Time Prediction

There are some parameters will be used in this section, already listed in Table 1. we
will know about how to get the distance between the BS and MN from Section 3.1.1,

16
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Z Z No handover
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j mandaover i1ime rredgiction AIVIP core rees—— <
with Server

algorithm
l:] Handover Duration Prediction g

Ij AMP Core Decision ‘ l

Fl%uke 7 AM‘;P w}_@ie ﬂb%/-ﬁq;a:rt

.‘* ' 6,
and then we will make a‘ﬁreason i redlctlon The objective of
the handover time predmmgflﬁpart is to 7 sturnater the —MN remaining time and
distance to handover. We foc | prediction when the MN is in WiFi
signal range, to predict‘iy}len ' iFi b'g(:k to WMAN/WWAN

[42]. Vi

Additionally, there isfﬁn ] béfore we starting this sec-
tion. We have to give spemaL 1 s;-v,vhen we use statistical view-
point from samples. The source,offthese sampjlke? is caught from NS-2 MAC Layer,
and we temporarily use CBR (constant it raée traffic to replace video traffic tem-
porarily. When the MN and WiFi BS exchange MAC information with each other,
there is also a recorder in MAC Layer copying the received power to a file, and it also
records the source and destination of every event, and it is the main reason that the

number of samples such many. The simplified simulation topology is in Figure 8.

3.1.1 Network Environment Settings

In this section, we will introduce the network environment settings and will be
considered in the remaining sections.
We use propagation shadowing network model to be our network environment.

We list some important parameters which be used in channel propagation model in
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Notation Description

speed; . The MN “efficacious” speed between receiving i'* packet
and (i + 1)™ packet, related to speedy ap (“subjective” speed)
and speed; | 4p (“invalid” speed) (m/sec)

dRECY . The distance between WiFi AP and MN after received i
packet (m)
i :  The actual distance between WiFi AP and MN after

received i packet (m)

dgTA : The statistical distance between WiFi AP and MN after
received i'" packet (m)
IR L] LS T e
G,
d$AE . The simgﬁﬁbétioﬁ’ﬂistariééf}calc@lﬁ-'tipn between WiFi AP
fer rece

and MN a
o .
R, : The range of th
the WiFi AP/ (m)

e " kgt Lo A (m)
mYb receive packet transmitted by

t y
=l <= "B
tHo hﬁdov affer received i packet (sec)
_I_. "-\;L‘i‘ | R i-s‘
dio . The re’manﬁ istance to handaver gfii%':elr}eceived i packet
Y R R
i _..-' ) ‘.“:—_'_ - b o :‘.I_ '|_r
{Decay . The remain time when packet loss happens due to
shadowing model settings after received i*" packet (sec)
dPe® . The distance between WiFi AP and MN when packet loss
happens due to shadowing model settings after received i*
packet (sec)
Puration . Handover duration estimation (sec)

Table 1: Parameter settings for handover time prediction
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o
|

CBR Traffic Generator*-.. _

Packet Size: 5000 Bytes
Send 1Mbps CBR traffic

Y
-
~‘
-

We have already knov . f \ del is like Equation 3.1:

(3.1)

deviation o4p, or we could rewrite to N (0,045) replaced xqp. About the typical
values of 5 and 045 used in some simulations are in Table 4. About Equation 3.1, we

could separate it to the following elements:

powerloss dB

Py (d) = Pro x 10%% ", (3.2)

where
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Notation Description

8 : Path loss exponent
dist0 : Reference distance, typically is 0 [44](=dp) (m)

oqg : Shadowing derivation

Table 2: Parameter settings in shadowing propagation model

Notation Description

P, : Transmitted power signal strength (Watt)

P.;(d) : Received power signal strength of i*" packet (Watt)

)

G; : Antenna gain of the___trags_mitter
JE -k E= o R
2R £ & =7 e
G, : Antennagain of thereceiver
& X AN

L : Systéi_-;'r:l;}p.ss

L) Th
= | ‘ b T .;‘
Table 3: Parameter Settin _ _Epﬁ&é'zppgﬁagation model
B, ¥ 3 T
-tV

i = U= o
SdE7 (5 oy [y g
Pr0 = P,; (dist0),
) _ PiGiGA?
) Brald) = Gopaie (3.3)
powerloss _dB = avg dB+N (0,0,4p),

avg_dB = —101log (d%) .

\

In general, the receiver could get G, G, P;, A, L, and dist0 such values to calculate
Pr0, and they are constants if wireless nodes continuing communication with each
other using a changeless communication frequency band.

We suppose that about the shadowing model in this simulation environment, all

the parameter values are known by receiver except (3, o4g, and d; 3 and o4p are two
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Environment o,5(dB)
Environment o] Outdoor : [4,12]
Free space : 2

Office, hard partition : 7
Shadowed urban area : [2.7,5]
Office, soft partition : 9.6
Line-of-sight : [1.6,1.8]
Factory, line-of-sight : [3,6]
Obstructed : [4,6]

Factory, obstructed : 6.8

(a) Some Typical Values of 8
(b) Some Typical Values of o4p

Table 4: Typical values of path loss exponent and shadowing deviation

constant unknown values [45|. Because here d is distance between the base station
and the mobile node, and the mobile flode may move Or static at any time, so d is not
a regular value. We know that ‘d is afi important value to decide handover remaining
time. We will use statlstlca} approach to get ﬂ, O 4B} and d in the next section and
in Section 5.3 simulation part " ~ \’r [ ~ | '

In Figure 9, it is a sketch Wthh ho@h& félatlon between the free space prop-
agation model and the shadowing ﬂ)r pa%&mn Fﬂodel or.we can say that free space
model is a special case of shadow1n$ odel Whldhl b ¥ 2, O'dB = (). The x-axis is the
node distance against with the: tralﬁsimltter anct Jche y-axis is the power distribution
and it shows in logarithm. ; - _ .

After describing about some charaiéteriisticsv of handover due to shadowing prop-
agation model, we know that the P,; reductions is the main factor to let the MN
doing the handover because it impacts the condition of AP beacon receiving. Some
other factors will also impact the trend and distribution of P, ;, like 3, 045, d, speed,
etc, but the MN does not know any parameter values except speed, so here it starts
to make a plan to get the remain handover time and distance. First, it tries to get

the network environment values: 8 and o4p , and then it tries to get the distance
between the WiFi AP and MN.

3.1.2 Getting # and 0,5 Using Statistical Approach

From Equation 3.2, we got the relation between the signal power and the distance

between the transmitter and the receiver, and then we could arrange the equation to
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The Received Power with/without Using Shadowing Model
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Figure 9: Received power is impacted /not impacted by shadowing network

Equation 3.4:
o ALY,
log (P, ( d)’LI— 10g£?7"0 +.8 1 x N (0,045) . (3.4)
¥

It means that when we k"no .ﬁh stance ‘eqn the WikFi AP and MN (i.e.,
d = d{°T), we put th@ cher n parame _:_.tD_ Equation 3.4 and get
the log (P.i(d)). The receRfer will [¢

log (RX _Thresh) or not to be abl

mission range (R;):

W. ether this Value whether is larger than
e define the WiFi AP trans-

oL Rt - ’ oy (3 5)
We also know that if the cffannei i not 1mp@ct by .Ish"adowmg deviation (the last
element in Equation 3.4), we could‘ gget the cg)rrESpondlng, one-on-one P, ;(d), and
vice versa. Here we change the symbol in this special case from P,;(d) to Psi(d),
which does not consider N (0, 045) element. So we get the conclusion that the actual
P, ;(d) and d will be in a range of:

Pﬁl(dACT) % 10—0.1x2ad3 < Pri(d-RECV) < Pgi(d-ACT) % 100.1x2ad3
- T e (3.6)

><2<’dB 0.1X20,4p

L dACT 10 < dRECV < gACT 4 ()

by using three-sigma rule, respectively, where dfF¢V means the probable result of
distance after calculating when knowing the i** packet received power and the value

of path loss exponent which could be written as:

—log(Py ;(d))+log(Pr0)+0.1x N(0,043)

dECY =10 ’ 5 : (3.7)
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So we know that there are about 95.45% of received signal (P, ;(dfF¢V)) is in the
bound between Pj;(dAT) x 10012048 and Pg ;(dA°T) x 10701%29¢5  Because the
expected value of N (0,0,p) element in this case is 0, we assume that we will collect
enough number of dfFCV samples to do the statistic calculation and let Equation 3.7
could be written to 3.8:

— log(Py i (d))+log(Pr0)

d94 =10 5 . (3.8)

And we could easy to find that the unknown parameters only remain 5 to get the
d$4E. Now we suppose that the initial value of 3 is 2 from Table 4 in this condition.
We continue using this method to collect the packets after i'* packet and get the
series statistical distances (d$4%, d{AL...., dZ4E), and then we use SLRM (Simple
Linear Regression Model) doing linear regression analysis to get the relation between
the distance and the received time, and the result is like Equation 3.9' where d574 is
the calculated distance given t;. To simplify the regression calculation, we suppose

that the speed of MN keeps a-stable-yalue ex€ept zero-when sampling.
X Y

' EXANAA Ny (3.9)

From Equation 3.9, we could beé-ip;_;pxryirlléi;:m-:'Fplot the ;elation between the t; and
d$T4 after knowing a; and by values u&%ﬁe 1 regression. We also know that the
slope coefficient means the mobile Js eed jnfr}lichlt}he x—axj:s:is time, y-axis is distance
between WiFi AP and MN. When fh slope is sn}aller than 0, it means that the MN
is approaching to the WiFi AP, an'di wheny the &;llﬁ)pg is/larger than 0, it means that
the MN is leaving from the WAFTAP. We could__use'-:{"che difference between the speed?

and a; to modify 5 to let a; value be closer_tothe speed and get the right series

statistical distances (df74, 771, diTR).
The concept of adjusting 3 to let the speed slope and the linear regression slope
almost the same is that, if the 3 value we give in (d{4F, d{AF ..., d{A%) is as the same

as the f value the propagation model, after we do the regression analysis to except
the Gaussian effect from (d$4%, d{AE,..., dZ4%), and it should be the actual route the
MN going through like Figure 10, and obviously it does not have any relation between
£ and the MN speed. But from the limitation of regression and the characteristics

of distribution, we would not find a suitable 3 to be close with real value when the

1To simplify the calculation, we use least squares to solve the problem.

2About the speed when MN receives packet i, speed,, we suppose that speed; op 1s equal to
speed,; temporary, to simplify the distance calculation. When the MN is further away from WiFi
AP, the value of speed;| 4p is closer to speed,.



3.1. HANDOVER TIME PREDICTION 24

60
2
S
-] 50
: T
> ’ ., -
< 40 + R A .
i .
e .
=5 30 * S
S o
s 2
2
b 20 . -
-] + Statistical Distance R ot
.
S B Actual Distance
< 10 [N S
g eeseee S (Statistical Distance) E.y =-16.454x +449.6:
o 0 — A (Actual Distance) y =-20x + 539.39
24.5 25 25.5 26

The Ratio of Time and Distance

Simulation Time (second)
| R

T,

A ::_:K_ e
Figure 10: Slope compari{sdr-i betx%xl?'('gé'n thg}i{_&N speed.and the linear regression

A A -

X
X © A #The MN speed.
-40 e A Larger than 0: moves close to the Wifi AP
o A Smaller than 0: moves away from the WiFi AP
-60
-80
2 2.5 3 3.5

Path Loss Exponent

# 100 samples 200 samples A 300 samples <400 samples X 500 samples ® 600 samples

Figure 11: Path loss exponent guessing vs. the ratio of time and distance between
WiFi AP and MN in different number of samples
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ample Between
Nsumli)ers B (Slope) Actual (%)
100 None None
200 None None
300 2.8(-11.3) 3.5%
400 2.6(-10.43) 3.5%
500 2.6(-10.74) 3.5%
600 2.7(-10.71) 0%

Table 5: Difference between calculated and actual £ in different sample numbers

number of samples is too small, like Figure 11 showing. Figure 10 is a sketch of the
slope comparison between the MN speed and the linear regression, and the diamond
in the figure means the distance got from Equation 3.8, which P, ;(d) and Pr0 are
already known, and we give § a value as the:same as actual one. The point line
means the linear regression result got'rffﬁ(.)m di}llfmond points. We care about the a; of
its linear regression equation, an@-it shows thatythe slzdpe between the linear regression
equation and the actual dlstance equation is close. The _thick line means the current
speed value, and the points means t'il_e TegraSsnop line’s sIope in different number of
samples when we guess f be a value Tha‘-resgn]}t of the difference between calculated
and actual 3 in different sample numbers ‘howé in Table 5.

After calculation, we cotuldfuse this Santothe samples to get more precise value,
"jtol reduce thg‘

until it achieves Equation 3:,;{10. calcul{atlon times, we set the [ is

accurate to 1 decimal place: :
min (sz’eed—i“li) . (3.10)
speed;

In summary, we could use Figure 11 to indicate the g finding process and the rela-
tion between actual distance (d4°T), received distance (dFECV)
(d$AE) and statistical distance (d974). d4T is the actual distance between WiFi
AP and MN, and dfF°Y should not equal to d2“T when MN receives power signal

in shadowing environment. d¢4” is the simplified element from d?“V and then we

, calculated distance

use regression analysis to except Gaussian effect and get d574 in every given sample
time. If we have many samples to calculate, we think that the d{7* is almost as the

same as d{°7.
Here we start to get the og5. We could use the difference between d574 and d4¢7

to get the o45. We suppose that the dy74 is similar with d2¢7. We could divide 774
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: - € Speed S|
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an  Y:get B, return
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L ]

From statistics, we Rnown'%h
95.45% results are within EQ@
similar value to o4g. We havqf 95 4 conﬁdence} 0 say that if we have many samples
from N (0,04p) like vi, vg, 5. Tulfn Jo‘ﬁ)}%d— n' 1S qulte large, and thus they are
satisfied that: e ‘ e

.“l-

rule [46] says that there are about
thiszcase, and we co'uld use this rule to find a

O ST ST

0| < 2045, i=(1, ..., n). (3.12)

It is same that there are about 95.45% samples fit above equation. So that if we

have many pair of samples could be written as:

dSTA
105 log <déﬁ> ,

and we have 95.45% confidence to say that Equation 3.13 is equal or smaller than

(3.13)

2045, and thus we could get the probable value of 045, which equals in the last number
of top 4.45% large value of the samples.
From Figure 13, it shows the difference between actual (using thick line to show)

and statistical (using dotted line to show) 045, and from Table 6 we reach a conclusion
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statistical o4p

" g’veén _gti,uéifd%%ﬂ

Sampﬁé{r.
Duration - ifference (%)
(second) | '

0.50 3 4.04

1.00 4.410 2.00

1.50 4.367 2.95

2.00 4.367 2.95

2.50 4.273 5.04

3.00 4.286 4.75

Table 6: Relation between sample duration and probable o,p, and the difference

between probable and actual o4p
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()
WiFi AP

| T
Figure 14: Handover dlstance Tneﬁctiqn by usmg geometric approach

: i |
that if we have enough samplés an Llwe could ggﬁ: the dlfference between them lower
A l
than 5%. '

3.1.3 Using Geometry Model to Do the Handover Prediction

After we get 5 and o4p, we could start to predict the approximate handover time.
From Figure 14, it shows the relation between the sample time and the d4°7. Because
the number of samples requirement, the unit we do the distance calculation is I-frame,
that is, when the MN gets an I-frame, it will do the distance calculation one time,
so we replace the subscript of i to x in default used by some parameters henceforth
because we will do a calculation one time when we received £ I-frame to have much
precise between the actual value.?

From Figure 14, the MN gets £ I-frame and gets the distance between WiFi AP,

3In fact, it is elastic to adjust the sample interval. In the simulation environment setup in Section
5.2, we will change another sample interval.
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d4°T | and the MN gets (k + 1)th I-frame and also gets the distance between WiFi
AP, déflT, after t, time. So we focus on that we want to get the distance from the
place when the MN gets (k + 1)th I-frame, to the radius of WiFi AP where causing
the MN doing the handover (D¥9), which are overlapped with the MN route (the
overlapped point named M Npyo, and another overlapped point named M N;,;; ) in
the future, and then using this value divided by the current speed is the remain time
to handover.

We define some parameters first: point ¢ means the place when the MN gets the
k™ I-frame; point j means the place when the MN gets the (k + 1) I-frame; point k
means the event happened when the MN is closest to the WiFi AP; point O means
the place of WiFi AP; ¢; means the x”* and (x + 1)th I-frames received interval; ®
means the distance between M N;,;; and i; 7 means the distance between ¢ and j; A
means the distance between j and k; A means the distance between j and M Nyo; R
means the distance between O and M Nj,;; or the distance between O and M Ngo,
equals to DHO, ' .

Now we discuss when the MN-is closer to t'he Wikl AP, means that dACT is larger
than dfflT , and from the ﬁgure weawant to get the dlstance between point j and point
M Nygo, that is, A. We use geometn@—method 0o get the answer.

From trigonometric function, we .mlagt;o?s between the parameters:

(aACTY? + df flCIT) &+ A - B2

2d1’3QT : (dACTY T+ A) )
and we could solve A by'i";ﬁsi’ng <I1uadrat1(: eh:;\atlon ‘calculation after known the
value of (d2°T), (d2¢T), n, and R, and finally we could get the remain distance

(79 and the remain time (t79) to-handover by knowing that:

cos ¢ = (3.14)

dHO = A, (HO = _A (3.15)

speedy,

In the next section, we will introduce a concept of “zone” to decide the occasion of
AMP execution. Actually the MN does not need to monitor and calculate dZ¢ and
110 anytime. By using this concept, we could simplify the job of the MN to reduce the
processing time, and we will get the conclusion that the MN could begin to calculate

df9 and tH9 after the d2°7 is larger than a value in the end of the section.

3.1.4 Events Partition Based on Received Signal

We separate the received power signal from 4 parts to describe. The beginning

of first part is that it still has some packets dropped due to shadowing effect after



3.1. HANDOVER TIME PREDICTION 30

N
ves WiFi Ran

Possible recv
power range

WiFi AP

(5] dDec?N

M

y

saddle
point

-t
Shadowing
Zone

1
1l Y
1

Shadowing
Zone
1
Zone Decision: i I I

> t

Figure 15: A Sketch to describe the relation between MN route and zone decision
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the MN connects with WiFi Af-when*it enters the WiFi AP signal range, and the
extremity of first part is that we'have (95 45 ¥ 4'55-) %-confidence to promise that
packets will not be dropped due toisha"dovvlﬂg eﬁect and it is also the beginning of
second part. The end of second part s ﬁfma]ximum signal occurred when the MN
is closest to the WiFi AP and then i 1 nte the 't}}lrd part where the trend of received
signal is downward until thie trendlo reoeﬁ*ed qutnal 1S upward again, and it enters

tlh[rd part anlil
when we have (95 45 + & 55) % Co,ngﬁdenf:e to prg_)mlse ‘that packets will not be dropped

the second part again. The end of he beglnnlng of fourth part is that
due to shadowing effect again; that is, the MN is«going to enter the zone between
dPec@ and Ry, the end of fourth zone'is that when the MN does the handover from
WiFi back to WiMAX. Figure 15 is a sketch which describes a MN route and the
zone decision, and there is a saddle point produced to represent the MN is back to
second zone from third zone. To easy to representation, we plot the received power
range of the MN is a 2-dimension and have a symmetric radius.

The fourth zone is a special zone which will quite impact the performance of
frame storage and playout because we define it as: the received power at least (%) %
percentage will less than RX Thresh and will not able to be analyzed by the MN. We
name the zone to be Shadowing Zone. We define the internal diameter of Shadowing
Zone is dP*¥ and the external diameter of Shadowing Zone is (Rt X IOOIXZWB),

where the definition of R; is already in Equation 3.5. The definition of dP°® is that,



3.2. HANDOVER DURATION PREDICTION 31

if the distance between the WiFi AP and the MN is larger than it, then we claim
that the packet loss probability is at least (%) % due to shadowing network.

After we know the definition of d?¢%¥  we calculate d2°“® now to know the dis-
tance to do the frame storage scheduling, and we want to send a notice to AMP when
it only remain (95.45 + %) % percentage of received signal could be analyzed by the
MN. We could refer Equation 3.6 and modify to:

—0.1x20
set : dP«% = R, x 107 # “*
0.1X20
—oncedx 10 7" > Ry, where d = dSTA = gACT (3.16)

— The M N is in Shadowing Zone.

—0.1x20
So we know that when dﬁCT > Ry x10 5 = is true, the packet loss will be occurred

due to shadowing network, and the right side of above inequality is named d2¢c®¥,

and it is the distance to separate the third and the fourth zone.

Actually, the MN still has enough distance to'trigger the d2%and t19 calculation
to decide whether beginning to schedlile 'playo-ilt‘ frames in fourth zone of this topology
even in high speed (15m/s), after knowing [ 18 betiveen 2.7 and 5, oqp is between
4 and 12 by referring Table 4, Section 3.2, ag_ld_&Chapte’f_':ﬁ. By calculation, it could
allow the handover duration at lea{ét;-&&l()! rp'i%ﬁs‘.éconds éiﬁd be able to keep playing
video streaming. Because*the zone aéﬁiﬁ}:iracteristics, we will decide whether

to trigger the mechanism or not pr1|1 entlﬂ_‘after, %antering::.this zone.

. i I -
3.2 Handover D@rliion P)’Lg@iction

The function of the handoveridurafion predfction 18 to precisely estimate the time
duration while the MN doing the handever. "It will impact the number of frames
needed to store before the handover.

We could separate some fundamental elements which will impact the handover

duration:

e The condition of WiFi AP beacon loss received by MN, which will impact the

MN trigger handover mechanism time.

e The RTT between video streaming server and the MN, which will impact the

response time to do the re-routing.

e The handover processing time, which includes some service re-assignment, and

the time will be impacted by the channel condition.
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About the first point of element estimation, we could create a model that in what
condition will cause MN does not receive n sequential beacons if we have already
known that the MN triggers handover mechanism after the timer is expired. And
about the second element, we could measure RTT when the MN receives the video
streaming and get the result. About the last element, we could refer some outcome
of some testbed which the scenario is the same as ours.

There are many references mention as the heterogeneous handover in difference
scenarios which will impact the handover duration. In [47]|, a wireless mesh network
is considered, including 802.11e and 802.16e service points. It analyzes the routing
changing and QoS requirement to decide handover, and using 802.11e module from
TKN and 802.16e module from NIST, implementing in NS2. Finally it gets the han-
dover delay is no more than 100 ms, and it claims that with proper buffer size control,
the users using VoIP will be unnoticed. [48] uses different transmission priorities, ex-
perimenting the handover duration from 802.16e to 802.11e, UMTS to 802.16e, and
gets the handover duration is between,7 to 18 msees. [49] implements its handover
decision model to embedded system, itesting the handover delay between GPRS and
WiF1i and get the handover duration is between'd ins“to 60 ms. |50] considers a special
scenario which has relay elé}nent bthagn W}Fia_&and WlMAX, and the handover du-
ration is between 5 to 13 seconds when™ t_}'égrg’gg%;:ﬁ?rhission packet size is 1500 bytes. [51]
proposes a modified SIP (Session I tié{ﬂ;ﬁﬁ’rp{ocol) procedure to reduce IMS (IP

f iE{['t_o Ul\/iTS handover scenario, and the tra-

T T,

Multimedia Subsystem) delay unde
ditional outcome is about 610.msec: [52] pre'-sent!s l cooperative agent based approach
for the VHO by using MATLAB ch0 do.thessimu a;:_ion.‘"[53] sets the total handover
time is 10 seconds when doing the sitnulation to prevent video interruption. [54]
constructs a handover topology including 802:11'and 802.16 networks and uses four
different decision location and using OPNET simulator in different types of traffic,
and the handover duration is from tens of milliseconds to near 1 second. [55] uses NS-2
based on MIH and MIPv6 implementation to simulation the handover scenario from
802.11b to WiMAX network and gets the total need for handover preparation and
actual handover is 136ms from its proposed handover procedure. [56] mentions that
the standard NEMO (network mobility) handover delay is longer than 1.5 seconds
by using mathematical analysis. [57| does the vertical handoff in integrated CDMA
and WLAN systems and gets the time delay during the vertical soft handover are 80
msec and 270 msec, respectively.

In summary, we know that the different network scenario, the types of functions

in core network, MN, BS already embedded will impact the outcome, and the range
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of handover duration from above is between several milliseconds to more than 10
seconds. Actually it could not be named ’live streaming’ when the end-to-end delay
is calculated by several seconds, although our proposed AMP still could deal with such
long video interruption in handover duration, and the value of handover duration will
impact on AMP execution time it needs at least.

After we decide the handover duration, it will become a constant to be one of
the inputs of the third part of AMP mechanism. We set the parameter of handover
duration is tP¥@°n which means the video streaming interrupted duration, and in
the duration we hope that the media player still has frames to playout to let the event

passes unnoticed by users. We assume that in normal condition, the receiver will get
’7tDu'rat7Lon

T
handover event happens. Although we could set the playout speed in the handover

—‘ frames most in the duration, so we have to store the same frames before the

duration as the same as the normal condition, we still let the media player keeps
the playout duration in a slowest speed to prevent the handover duration prediction
mistake until it re-connects with-the sexver, gets the streaming from it again, and the

number of frames in playout: buffer is above a* threshold.

3.3 The Exchange of- Medra Ser'ver and Playout
Decision Modzﬁpafz;_)nl Jnformatzon

Although soft handover is alre;kiy sul)portlpél m some heterogeneous handover,
which could only cause larger frame delay than nbtmal condltlon which are sent during
the handover, we still have to; consﬁler when BSldoes not support soft handover case
and no redirecting packet sendlng,func[tlons n MAC Layer. It is the reason that why
we have to construct a retransmission :inechaniém in media server Application Layer.
In this part, we propose a cooperation concept about some information exchanges
between media server and receiver, and adding some functions on media server to do
the video streaming re-synchronize with receiver. We assume that the information
they exchange is correct and does not impact and be impacted to the video streaming.
Some important information sending from the MN to the media streaming server like:
the remaining time to handover and streaming interruption, the handover duration,
the handover types do the BSs support, etc. When the server gets the information,
it will know the probable time of MN to start and finish handover, and it will pause

tDuration) then transmission to reduce frame

the frames transmission for a while (i.e.,
loss. After it restarts to transmit the video frames, it will do the resynchronization

with the MN to reduce the delay of a frame from transmission to playout. The media
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server has to consider the transmission rate to prevent traffic congestion after it knows
the network type of the MN entering in after successfully handover.

Next chapter, we will propose a novel AMP executed in fourth zone after the MN
knows the remaining time (7€), distance (d7°) and handover duration (tPuration)
got from previous sections. We know that it is the third part of whole AMP, and it
is also the most important part of three. In this part, AMP will decide the frame
playout time during frame scheduling and set the goal which is that AMP has to store

exact frames before handover.

e, Y ug " 40
i, % 0+ ST a8

'E"iaa.;.v: - e



Chapter 4

ADAPTIVE MEDIA PLAYOUT CORE
ALGORITHM

In Section 2.2.1, we knew the definition of AMP and the boundary we could
adjust in playout interval. In Section 3.1, we predicted remaining distance (d©)
and time (t7°) to did the heterogeneous handover under shadowing propagation by
using statistical approach. In Section 3.2, we used theoretical viewpoint to know
the heterogeneous handover duration. Now, in this chapter, we prepare to use the
information got from the previous sections and do AMP decision. Additionally, there
is an extension topic about how to minimize VDoP when executing AMP interesting
to us, and we will discuss the opt1mlzat10n fra"mework in Chapter 6.1.

There are some benefits and characterlstlcs When 4ye use the proposed AMP algo-

rithm and summarized below

e [t uses distance- orlented to do AM_B, W eh the dlstance between the MN and

DO is closer, the number of fr m.gg‘!t;eitques is ¢losér to the goal.
|
e It could prevent some eventsjl e thi‘[r-lMN thmg away from WiFi AP suddenly

or close again to WiFi:AP,'s e{ad up,or spﬂe d/down.

e It considers the current speed of. MN, dHO,-and t19 during AMP for more

precision.

We divide this part into three segments to convenient to discuss. Section 4.1 is the
principle of AMP execution and the preparation of AMP execution. Section 4.2 is
the events discussion after AMP started, and Section 4.3 is that we briefly introduce
local VDoP minimization by using roll-off concept in some special events which are
mentioned in second segment, and the detail of roll-off optimization function is in
Chapter 6.1.

Table 7 below is the parameters definition which will be used in following sections,

except roll-off function:

35
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Notation Description

P
]Pincr

IP)decr

tAM P
mwn

AMP
dmzn

tpl ayout

recv
5

]I'

Section

S

J

AMP
tsec

AMP
dsec

Execution strength, divide to Pj,.-(AMP) and Pgee (Inv-AMP) (%)
]P)incr € [Pincr,MINa Pincr,MAX] (%)
Pdecr S [Pdecr,MAvadecr,MIN] (%)

The minimum time for AMP storing enough frames(sec)

The minimum dlst?.q(le—-‘.@iﬂ M}D storing enough frames (m)

||-|
-'i..

--s.'t;*::" B

The Section Whlﬁi}hg%ﬂ}gﬁh’bﬁlﬂ be in, 7€ (5,8§-1,...,2,1)

The time duration in a Section (sec)

The distance in a Section(m)

Table 7: Parameter settings for AMP core decision
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4.1 AMP Execution Principle and Execution Prepa-
ration

We here illustrate the principle of our purposed AMP algorithm first before we
start to detail its content. About our proposed AMP, it uses a concept of Section
to separate the schedule of frame storage. That is, the MN has to store indicated
number of frames relating with the distance between the MN and the handover dis-
tance (D9), no matter how other factors impacting the movement of MN. AMP will
consider some elements to be the references of execution strength: the current speed
of the MN, the distance and time remaining to do the handover and the difference
between the time requirement of AMP to finish current Section and the actual re-
maining time evaluation. AMP will consider these elements to adjust its execution
strength and store frames step by step.

After we know the principle of AMP, we first propose our AMP execution prepa-
ration. The range of AMP executien preparationis from collecting information to do
some predictions, to the beginning of AMP Iéipcedure. The step of AMP execution
preparation is below: WL

1. Calculate d© tH9 and APvrabon from Seetion 3;-2-and Section 3.1.3 and start
X '| 1

to count the dZ9 and t7° bag Wag.;@," ]

- |
2. Get the current speed, speeclli AP ﬂfrﬁ;d v&{e:_ assume-that the current speed is

similar with the nearest Speed sariipled ftc}m K" KI—"frarne: speed, 4p, and we
will replace the symboliof thel f{)rmer to tﬁel latter:

3. From the above two steps, AMP' could calculate the minimum distance and
time the MN needs to store enough frames in maximum capability for it after

knowing the limitation from [20)].

4. Decide the number of Sections to be the steps of AMP execution, and the

distance, time interval in every Section.

5. Calculate AMP strength (we set P, to represent AMP execution strength to

slow the playout) in the beginning of execution (namely Piperinit )-
6. Use roll-off concept to reduce VDoP when executing AMP at the first time.

We start to explain our propose steps from Step 3 in different sub-sections and ignoring

first two steps which have been already mentioned in Section 3.1 and Section 3.2.
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4.1.1 The Minimum AMP Execution Distance and Time Calculations

In the third place of AMP execution preparation, after AMP gets tP% " from
Section 3.2, it will know the number of frames having to store at least to prevent

the video interruption during the handover. The number of frames needed to store is

T
tioned before. And then AMP could get the minimum execution time requirement,

S = PDW“M" , after AMP knows the default playout frame interval is T seconds men-
which means the boundary to execute in a highest strength:

1
PAMP g 1T (4.1)
]P)incr,MAX

tHO < tAMP

mn

It means that when AMP should begin to be executed, no matter

what speed, 4p the MN is. Because it knows that it still has enough time to store ex-
act frames preparing for handover. The meaning of middle element of above equation

is that AMP may save one more frame after it playout every m frames, and the

incr,M

speed of frame storage is decidediby thei:playout rate, which is defined the percentage

of maximum AMP execution strength '(]P’mcr arax ).toslow the playout speed. So
1

incr,M

1
Pzncr MAX

and get the goal. At last, it knows| the, :aeqiveﬁl \frame |interval is T, so it knows the
minimum execution time i$ t;;‘%P L eaﬂ&d}tlonally, we could rewrite the middle
fit uﬁgenera!pl cases::

s ﬂ

when AMP knows that it has to’store F frames, andit knows every ~ received

frames it could store one addltlonal .ﬁ—a,me so-it, has t0, recelve F X frames

element of the equation tom=p5— ]P, j

el b 4.2

2L e Pmcr ( )

AMP also could get d2MP after we aeﬁne tAMP and the function of dAM? is below:
il =t X speedpax. (4.3)

To increase readability, we replace max (speedﬂn AP) to speedyrax henceforth,
means the maximum speed of the MN which could achieve 15m/s in the metropolis
scenario. Because AMP does not know the speed, 4p of the MN in the future, it still
could promise that no matter what speed of the MN, including speedy;ax, it always

could store enough frames beginning from d¢ = d2MF o the handover execution.

AMP
sec

4.1.2 Section Environment Decision: S, d2M”, and t

sec

In the fourth place of AMP execution preparation, AMP decides the number of

Sections to be the steps of execution. We set Sections based on the number of MN
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storing frames it needs, one stored frame one Section. We could treat Section as a
schedule and there are some checkpoints will be placed on it to ask whether AMP
achieving the current job until now or not. So there are S Sections, and the distance

interval in every Section J is
dAMP

dAMP_ min ) 4.4
sec S ( )

We set J € (S, S—1,..., 2, 1), and it means that the MN still needs J — 1
complete frames to store and now AMP is working in J* Section. After AMP knows
the distance interval in every Section [J, it also could know the time interval. To

simplify the equation of time interval by assuming the changes in speed between each
tAMP

Section is small, we could define ¢ " as:
AMP dAMP
t = —= 4.5

Because t2MP must not the same between every Section, and thus we change the

sec
AMP to tAMP

representation of AMP execution duration from- 7.
r =5

4.1.3 Pj,erinit Decision at t'her First Time of:-"‘Af;MP Execution

Before we start to introduce the hift th place of AMP éxecution preparation, AMP
has to know the time requ1rement 0 ﬁiegelthe goal and the remaining time in
every Section first. Equation 4s2 re} ese?&;hé former and Equation 4.5 represents
the latter statement. AMP has tl‘ eeps bzlal' nce by adJustlng Pine-when speed
changing. When the MN entegs:the { r
here AMP just considers only o'ne Section and storing one frame, so it could get:
tAMP — (AMP  JAMP _ GAMPGige_ g% 7=

min sec

st Sectzon,ﬁl has4oset the initial P;,..r. Because

= 1.7So.it eould get the relation between

Pinerinit and the MN current speed speed TP

.. tAMP .FT
' Pzncr init
fAMP _ _dii? A"t xspeedyax
speed 7| ap speed 7 ap speed 7 ap ’ (4 6)
AMP _ tAMP
and t =15
speed 7y ap

« Laneranit — tﬁ%PXspeedMAX .

4.1.4 The Use of Roll-off Concept to Prevent High Local VDoP

After AMP gets the value of Pjycy init, it could continue its work to the last place of
execution preparation. To achieve VDoP minimization, AMP will use roll-off function,

not only in AMP execution preparation event. Because it is an additional job to
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achieve, we will describe our optimization framework in Section 4.3 and detail it in
Chapter 6.1.

We will discuss some events happens during AMP execution first in Section 4.2,
and then we analyze the events to decide whether they have to consider roll-off func-

tion or not, when we consider VDoP minimization.

4.2 AMP Adaptation Owing to Some FEvents

After AMP begins to work, it enters the J* Section and store frames, and there
are some missions which AMP has to deal with to get the goal. When AMP finds
out that the checkpoint is updated, it will check it whether achieving the goal or not
and then doing some suitable responses, such as changing P to catch new schedule
requirement.

The routine tasks during AMP execution which are listed below:

1. Calculate and update dZ9 ##9 .and speed, i gp to know the current Section

where the MN should be i, and the nuhiber of storing frames it should have.

2. Do some appropriate responses to catch thetupdated schedule after d19 re-
newed; use roll-off coﬁcept if 1t jﬁ__lré.ssen‘ﬁial} :
3. Send the feedback informatioT 0 tﬁ;‘-;’fl'ediq seryer to know the remaining time

5

to delay frames transmission. U
Xl 2 |
And we will discuss them in‘é;"eparaltei sub—section;L.._ ;

4.2.1 df°, 719, and speed, | 4p- Updates

Here we define remaining frame storage (F;, measured when j* frame playout)
which is impact by Py, and Pgee,. So the relation between them is: Fj11 = F5—Pjper
or Fit1 = Fj— Pgecr. Fjis composed of integer part and fraction part. The integer

part of Fj is J — 1 (represents .FJN, and it means that ]-"JN € N), and the fraction

part means the unfinished part of J™ Section (represents .7-";3). For example, in a

AMP progress, Fj is 3.5, so we know that ]:JN is 3 and ]-";-F is 0.5, and it is in 4"

Section. Because it has a relation between [J and ]-JN in given j, so we will use

one of them alternately afterward. We could write the finished part of J% Section as

(st~ ts-7)<7]
T

AMP could use Equation 4.7 to know where Section does the MN place and what

schedule the MN should catch. And then AMP could decide the execution strength

. We could subtract the finished part from 1 to get the answer.
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when it finds out that the MN is updated to a new Section. AMP could add the

concept of roll-off if it needs.

For current Section :

playout recv
o _ [ ) s-g)),

J T ’

For updated Section :
(A2 x J) > dHO > (2P x (T = 1)), e, df9 = (F{+F5) xdii™.

sec sec sec

(4.7)
We could represent Section Judgment(SJ) to Algorithm 4.1.

Algorithm 4.1 Section Judgment (SJ)

1
2
3
4:
5:
6
7
8
9

10:
11:

start Section Judgment:
while (get (x + 1) complete I-Frame) do:
%Check whether got a mew I-frame or not
update t49 x + (k1) S
update and decide Fy, F'; from Equation 4.7 L
if ‘]—"N ]-"N’ <1) then Cage, 7The MN st111 keeps in the same Section
else if ((F'{ — 1) > F}) then: ~Case/2” | %Schedule falls forward
else if ((F)'—1) > PN the q;ée:g %Schedule falls behind
else I rl ] F
end if l == |
end while | i
- L

W —

4.2.2 Trying to Catch the Updafed Schedule, Considering to Use Roll-off

Function

We separate five cases after updating the MN place and the responses to every

case, and each case have their own response steps. The first case triggered when the

MN still keeps in the same Section (called SS, the current and updated schedule are

close), the second case triggered when the MN’s current schedule is falling forward

(called FF, AMP stores too many redundant frames in updated schedule’s viewpoint),

the third case triggered when the MN’s current schedule is falling behind (called

FB, AMP stores too little frames in updated schedule’s viewpoint), the fourth case

triggered when the MN in handover duration, and the fifth case triggered when the

MN completely finishes doing the handover.
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Furthermore, AMP will update Section Judgment to get the updated schedule

which AMP should catch, once a new I-frame is received.

Case 1: The MN still keeps in the same Section The value of ]-";F becomes
more important than other cases, relating with the actual progress of frame storage in

every Section. Then we put this answer into Equation 4.2 and rewrite the equation:

T
AMP

where ¢3pg ; means time requirement to finish storing a complete frame when
AMP execution strength is P;,... Contrarily, the actual remaining time to the end of

this Section is:

AMP N
ACT,j K SpeedHHAp ) .

and the inequality tﬁ%g’ ;S tﬁg[f; sshouldialways be true anytime in this case.

AMP will check whether #4572 is'larger than tﬁ%g jor not in current Section. In

fact, t79 is a main element to have a chance to let tﬁgf 5 Is larger than 1 or smaller

than 0, rather than speed,jap./To keep $§%53 3 tﬁj‘c/ffj béing true but not too much,

| :
the mechanism will increase B;,,., wh n,_t'lE ,smqe}nent is false, or decrease P;,.. when
= |

the gap between them'is too large. |

We could represent thisycase by using. rg\lgorithm a4

P
Algorithm 4.2 Case 1: MNI keeps 1{1 the samelgectwn'(SS)

1: 6: a small value to let tﬁgTPJ not far away, from té%gJ x: SstaMP

2: start Case 1:

3: while ((1 4 Pj,er) T == 0) do: %Start to playout a new frame
4: update j <« (j +1)

5: update speed;ap, Fj, t110

6: calculate (tﬁAEgtj tﬁé/[fj) from Equation 4.8 and 4.9.

7. if (tﬁ]\(ffj - téj‘]j%ij > ¢) then: renew P, to fit tﬁ]\gfj - té%éij <4

8 else if (tg‘j‘gfj — téﬂE/[éfj < 0) then: renew P;,., to fit tﬁj‘gfj — téﬂEﬁj >0
9: else then: keep P;,.,

10: end if

11: start backward counter: (1 4+ Pjue) T

12: else

13: end while
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Case 2: The MN’s current schedule is falling forward (FF) There are
some reasons to let the schedule fall forward, and this phenomenon would cause
unmeaning frame storage and the time delay from frame transmitted to playout.
AMP should catch up the new schedule but not too active. From this thinking, AMP
sets P,AMP — () where [J' is the Section after evaluated. To prevent high VDoP, AMP

wmcer

again uses the concept of roll-of function before updating AMP execution strength.
AMP executes roll-off function until in the end of Section (J — 1) but spending
more time to hope the update schedule could catch up the previous schedule. AMP
uses the updated dZ° in the roll-off duration to check whether the new schedule

catches up again or not. So the previous schedule reduces the storing efficiency to
1+F7T

DGR

remain and next Sections to (F'y — (F{ — 1) 4+ F'{) x t22'" and get two additional

sec

times of previous. In other words, it extends time execution in the

storage frames, and it will decrease frame storage efficiency, and then increase frame
storage efficiency to get the goal. When AMP stores two additional frames before the
new schedule catches up, the MN cancels AMP execution and back to normal mode

79 information.

and continuing monitoring the.new sehedile: progress by updating
When it finds out the deviationfof progress betweéen the schedules larger than half
of S or d49 > dAMP the MN starts “tovdo Inv AMP, which goal is to release stored
frames. We set Py, t0 be the sym ol! Eim} AMP execution strength, contrasting
with P;,.. to be the symbol of AN{ exefgtlorl Ftrength The MN uses almost the
same way to do Inv-AMP like the i[;l ial state olf'AMP mengtioned in Section 4.1 and

l It beglnsﬁt\o do Inv AMP until it catches the

18 largét:'than Gl Wthh is the R time event happened

mwn

doing some modifications on.Step
new schedule. Once ¢
sequentially, Inv-AMP will release all-the number of storage frames then using roll-off
function to shutdown all AMP algorithm. "R could be set by users and it is 5 in
default.

We could represent this case by using Algorithm 4.3, and some procedures are in

the behind of it.

Case 3: The MN’s current schedule is falling behind (FB) It is quite
serious when AMP finds out the schedule is falling behind, and it means that tﬁgf ;
is not a logical value (i.e., smaller than 0). Contrary to Case 2 mentioned before,
AMP should catch up the new schedule actively here, because it may cause that the
MN does not store enough frames to face the handover. Thanks to AMP having

elastic execution strength, AMP empowers itself to be able to increase the playout
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Algorithm 4.3 Case 2: Schedule Falling Forward: Main Function
A: roll-off execution duration
update t79 when x < k + 1
update F'j, F';, when j < j + 1 anytime, after playout and calculating from
Equation 4.7
0+ ‘F’I;\] — FIJN! % The deviation between now and update schedule
%the place where j** playout frame’s contribution to playout delay
start Case 2:

invoke Schedule(5) %Slow the storing speed
invoke Checkpoint(1) %Check whether catching new scheduler
invoke Schedule(3) %If not pass, execute Inv-AMP roll-off
invoke Checkpoint(2) %Recheck whether catching new scheduler
while (A == 0) do:

execute Inv-AMP

invoke Checkpoint(2) %Recheck while executing Inv-AMP

A — (1 =+ ]P)decr) T

start backward counter: A
end while %Repeat Inv-AMP until pass Checkpoint(2)
quit e JF =

4_'
',

interval up to (1 + Piperim AX) Tito prevent the streammg interruption as well as it
could. After AMP knows dHO is in| j’ﬁ" Sec]fwn; it wants to catch the new schedule

when it is in the end of (7 —1)" | Se in other words, it wants to produce

"

(FN— (FN—1) + FF) x T additional dftlay by spending (1 + F'F) x t2M7 time.

sec
(14+F'F) x4 P
So there are | ———~—- framels ecéived in! 1§h1s duratlon and the total gain of
" |

additional delay in this duration:i’sé'(IP’mCT S

T

! .
L4E/F )% i P

= . AMP could compare

with this outcome to the requirementt'of additional delay and calculate whether the

inequality is true or not:

(4.10)

14+ F/IF) % tAMP
N 2\ F < ) ( sec
(FN = (F 1)+F)><’]1‘:(Pmcr><1r)x{ T J

Because there are limit frames received in the duration, AMP will directly choose

Pinerarax to be PAMP without executing roll-off. AMP will use P,AM7 until the

schedule catches the new Section and then it uses roll-off to reduce AMP strength.
We could represent this case by using Algorithm 4.8.

After discussing the three cases above, we also have to care about the event when

changing a case to another judging by S.J when € dio

and is updated due to high

variable of network. In fact, we only have to discuss some special cases and know
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Algorithm 4.4 Procedure: Scheduling

Procedure: Schedule(i)

update J from using Equation 4.7

update P, speed; 4p based on Equation 4.6
switch case (i==1)

execute roll-off [Case I,

Il:-Dincr,;mzst A 07 IED7Z'r7,cr,goabl — Pincr: A ztéMP
switch case (i==2)

execute roll-off [Case II], (0 N
]Pincr,past — ]Pincr; ]P)incr,é(%:l ??O, N & I.{;r
switch case (i==3) :;'“ “) ol

execute roll-off [Cag?‘]_l;lj.,
Pdecr,goal — Pdecr,inif';“ P?;‘Q";past 4
switch case (i==4) |
execute roll-off [Case TV]
Pdecr,goal — O; Pdec@as&?ﬁ—
switch case (i==5) / _
execute roll-off [Case V],

Sl

A (P (F) - 1)
= - a3 5
IEDincr,pasta ]P)incr,goal A ]P)'L'nc'v“' - ﬁ (—‘{A, BA%{_ 2 ZNF
% First decrease then incre&'@eﬁl}\@?_@_@og&gg; efficiency
%Change the frame storage eﬂicieh_é‘sféiﬁd'storing two additional frames
end switch
start backward counter: A
invoke TimeUp %If time is up, update some parameters
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Algorithm 4.5 Procedure: Checkpoint(i)

Procedure: Checkpoint(i)

update FY, F'{, tHO

if (¢49 < dfn%P ) then: %Schedule still in AMP execution range
if (0 <1) then:

%Already caught the new schedule and within AMP range
if (i==1) then: ; %Check after [Case V]|
else then:
invoke Schedule(4) and then Schedule(1)
end if

update ]P’mcr,speediHAP and use new P;,,.,
quit
else then: %Still not catches the new schedule
if (i==1) then:
if (Piner # 0) thens
invoke Schedule(2) and then Checkpmnt(l)
%From_AMP to 0 when t1meout and recheck again
else if (6 > 1F) then:

continue ,_,‘7 to repare for domg Inv-AMP
else then: VQIIGM 11 [Case HI| and during Inv-AMP
Execute normal mode i "!. ]
end if | L |
else then: Y | ; 3;
continue Pl %Cbntjnue doing Inv-AMP
else then: ~3
%not in execution range, prepare to release whole Stored frames by AMP
if (F;' > F) then: %No“any stored frames by AMP

if (P # 0 && i==2) then: invoke Schedule(4)
else if (P # 0 && i==1) then: invoke Schedule(2)

end if
Execute normal mode %Cancel AMP, P <+ 0
quit
else then: %still some frames stored by AMP
invoke OutOfRange %record the alert
end if

end if
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Algorithm 4.6 Procedure: OutOfRange

¥: the number of sequential out of range alert times, based on user requirement
Procedure: OutOfRange
TAMPIK] <1
if (IAMPIs|N..-NIAMP|k —9]) == 1) then:
if (Piner #0 && Pyeer = 0) then:
invoke Schedule(2)
end if
if (Piper =0 && Pgeer = 0) then:
invoke Schedule(3)
end if
while (A ==0 && FjJ' < F ) do:
%Still has some AMP frames to release
%Not execute Checkpoint(2) anymere, only doing frame releasing
Execute Inv-AMP
A — (1 + Pdec?") T
start backward counter: A

end while
invoke Schedule(4) ‘ 31
Execute normal mode %Daoesmi't have any AMP frames to release
quit ; :'-f, ‘
else Ll R
wait for d7° update - k =
Checkpoint(2) 20, : ' 1
end if - -

Algorithm 4.7 Procedure: TimeUp

Procedure: TimeUp

while (A == 0) do:

update j, J, Fj, t9, speed;4p
end while
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Algorithm 4.8 Case 3: Schedule Falling Behind
A: roll-off execution duration
update t79 when x < k + 1 anytime

update F'j, 'y when j < j + 1 anytime, after playout and calculating from

Equation 4.7

start Case 3:

if (FN < F'N) then %Catch the new schedule

update speed,4p based on Equation 4.6

execute roll-off [Case I,

Pinerpast < Piner s Pinergoat < Pinery A = 264MP

start backward counter: A

invoke TimeUp %If time is up, update some parameters
use new P, %Restart new AMP
else

]Pincr — ]P)incr,MAX
end if

how to transform from one case 6 another becauseiit. is not very hard to image that

how to transform from one ¢ase to another from above introduction.

e FF in releasing frame-step/fo FB Although there is a large gap between them,

tAMP
min

it still has higher priority to Catch the n]ew scheduler; So AMP will spend 2

to transform from Py, £0 Py — ”;f; | |

g _
Iy el
M1 o B

Case 4: The MN is in handover drltsri‘atiph As mientioned before, to prevent
the playout buffer underflow, évenf happened que to hendover duration prediction
part mistake, AMP will set P £ Pmcr MAX durlng the handover until the Case 5 is

triggered.

Case 5: The MN completely finishes doing the handover After the MN
reconnects to the WiMAX BS and continuing receiving video streaming, it will receive
many video frames retransmitted by the media server owing to cooperating with each
other in hard handover case, or receive video packets retransmitted by the BS in
soft handover case. About the mechanism, it will be mentioned in Section 3.3. When
there are many frames in the MN’s buffer, the MN will use Inv-AMP to release frames
to reduce the duration of frame from transmitted to playout. Unless we consider the
buffer constraint or the user requirement, Inv-AMP will be free to control the speed
of frame release until the number of remain frames in buffer is almost the same as

the normal case in a meaningful range.
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4.2.3 The Feedback Information Transmission to the Media Server

In default, the media server Application Layer does not know the receiver status,
including preparing to do the handover. To reduce frames loss in hard handover case,
the media server could delay the frames transmission during the receiver doing the
handover. It also has to tell to the server about the BSs handover supported types to
let the server to decide whether delaying frame transmission in the handover duration

or not. We have already mentioned the functions of the media server in Section 3.3.

4.3 The Concept of Proposed Roll-off Function
Design to VDoP Optimization

When AMP /Inv-AMP adjusts the playout interval between frames, |t; — T| will
not be 0 anymore, which is a score to justify our proposed AMP is good or not. It
is a trade-off between postponing frame,receiving deadline and ignoring this truth,
and both decisions will be given different DoPsvalues.. The proposed roll-off function
could minimize VDoP after AMP inputé curr.e!flt network conditions and limitations,
like roll-off execution duration, additional delay beﬁVeen frame received and playout
requirement, current P and requlrement P after finished ‘roll- off, etc. The detail of

proposed function will be discussed in/ Clr@ter 6 1 and here we just list and introduce

m 1\

e [Case I]: Executed when nori al mode trénsforms to AMP mode (i.e., P =
: 1 .

0% = Pon) & N .

the classification of different purpos['ej ofrollZoff functlons

[Case I1]: Executed when AMP tode transforms to normal mode (i.e., Piper —

P = 0%)

[Case ITT]:  Executed when normal mode transforms to Inv-AMP mode (i.e.,
P= O% — ]P)decr)

[Case IV]: Executed when Inv-AMP mode transforms to normal mode (i.e.,
]Pdecr —P= 0%)

[Case V]: Executed in AMP mode, longer execution duration but limited frame

storing efficiency (i.e., Piper — Piner)



Chapter 5

SIMULATION RESULT AND ANALYSIS

In Chapter 3 and Chapter 4, we extended the concept of AMP to protect the video
streaming from interrupted by heterogeneous handover. We created three main parts
to be our proposed AMP mechanism: handover time prediction, handover duration
prediction, and AMP core decision. In this chapter, we will employ simulations
to demonstrate the superiority of the proposed AMP mechanism. We adopt NS2
(Network Simulator 2) to generate the topology and do our main simulation. In
Section 5.1, we will introduce our modified video module which has much higher
integrality and logic. In Section 5.2, we will define our scenario parameters and
introduce some AMPs which will:be colmpare(j with our proposed AMP. We will do

a series of simulations and analyze the butcome in Section 5.3 and 5.4.

5.1 NS-2 Simulation. Platform ‘Modification

In order to build a nearly like real etwk Dﬂ a personal computer, we use Network
Simulator (NS-2) [58] wersion 2.33 t b{; sﬁqulatlon platform. This version has
not embedded in video module, di rentﬁkﬂ'ypesll JPf popular network modules except

rrlinodule yetg| P':‘:O thie“first job is to add the video
module into NS-2. Some addltlonal types of network modules like WiMAX module

WiFi, and heterogeneous handove

are already published and listed in [59] Abott_mobile network module, it is also
already created by some organizations, so we could directly download the modules to
use. However, it also easy to find some video modules but no one fit our requirement,
so we will create our own video module by getting a concept from Smallko’s video
module [60]".

The module reads a record file created by a zvid_ encraw converter which also ex-
ports video information while converting, like playout time, every frame size, number
of frame, etc. All of the information within a frame is written into a row. When NS-2
sender Application Layer reads this file (i.e., trace file) which includes each frame
information of video, it begins to package the specific information in order. The unit

of Application Layer packages is frame, and in a preset time interval the frame will go

!Smallko combines Fvalvid [61] and NS-2 to be myEvalvid.

50
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through Transport Layer, which will divide frames into some small size packets to fit
the preset UDP maximum fragment size requirement. After Transport Layer marks
sequence number and size on packets, it will continue sending them to Network Layer.
Transport Layer also records packets information into another output file. Then they
will continue be sent down to lower layers and be got by receiver if they are not
dropped on the transmission way. The goal of receiver side is trying to combine the
separated packets back to complete frames when it starts to playout and receive video
packets. It also records receiving packets situation and playout situation to respective
files. There is a program to compare the difference between the sender and receiver
files which record packets situation and then it produces a distortion video file which
represents that an original video goes through the simulation network and received
by the receiver.

In spite of already having some basic functions in this video module, we have to
add some additional functions to let it be more systematic. Figure 16 is a sketch
which simply shows the modified agents and, the jobs they do. The figure shows
the video streaming built from providér’s Aia'blication Layer and segregated from
frames to packets in Transport Layer and contmumg sent to the lower layers. When
Transport Layer of video streamlng .ice!c;elver gets the V1de0 packets, it forwards the
packets to Application Layer. Applrﬁaﬁmn L yer has| two main jobs when it gets
video packets: one is to put packet mﬁhe buﬁ'er and another one is to acquire
some essential information from p ets@nd aqalyze The detail of functions are
show in Figure 17. The solid. line i the figur Lmeans the execution direction and
the solid-dot line between P:l?izg-/q.w;f eq-and P?E buffer means that Playout req
copies packets information in the leiﬁ’eg once they accord with some requirements from
Playout req. The solid-dot line between. Packet buffer and Packet buffer update
means the latter will impact states of packets in playout buffer.

When VideoAMPsink receives video packets forwarded by udpAMPsink, it will
record packets information into a file ( *.log file in Packet rec function), and they
prepare to store to the buffer and waiting for playout. The buffer will decide whether it
will store the packets or not based on remaining buffer size in Packet buffer function
and the playout time. There is another file to record packets dropped or stored
status and reason (*.rec file in Packet rec function). We separate dropped packets
in Application Layer from two reasons: buffer overflow ( P, ; + Bnow > Bmaz) OF
timeout (Pts;; < Pts,oy), easily to distinguish the serious level. Here Pts means
the playout time stamp, P means a certain packet size, and B means the playout

buffer. Packet buffer will trigger Playout bar to playout once the buffer used is
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Receiver

Media Streaming] Media Streaming

Iss
% If get Put into the buffer |

packet

Modification Range Take info. out and calc |

> Application Layer:
VideoAMPsink
forward |

Application Layer:
VideoAMP

Transport Layer:
udpAMP

Network (Routing) .

[ DataLink (MAC)

( Physical

Channel

Figure 16: Network layers builtsin NS-2

larger than a value. It means that media player of the receiver starts to playout the
video. Playout bar will trigger itself every Trto'be default playout interval when the
playout rate is 1/t fps. When Playout| ba‘i:.glay the indicated frame at specific playout
time, it will send a request to Playoyﬁ_ r’e‘r&';tbﬁ search adframe which Pts is as the same
as it wants. When Playoul [ req gets the tequirement from: Playout bar, it will count
the sum size of packets which fit Plct;ybut_ bar rec;luirements. When the sum is same as
frame size at the specific playout, time required by APZayout_ bar, Playout req will send
the requirement success message back-to Playout_.bar, with the frame size and the
time stamp information, to let Playout bar write the information to the file. After
playout procedure executed, Playout buffer update function updates the packets’

situations of the buffer and the buffer size.

5.2  Simulation Environment Setup

In previous chapters, we have already known that the video streaming will be
interrupted when the MN does the heterogeneous handover from WiFi AP back to
WiMAX BS, so we will just observe the result in this duration. To simplify our
simulation, we set the speed of the MN are stable in each simulation. About the
characteristics of the video coding and the network settings are listed in Table 8,

and the topology is similar to 1 but only discussing the MN leaves from a WiFi AP
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Application Layer: EvalvidAMPsink
Packet_buffer()

Playout_req()

« Putinto

buffer - 3 *Copy the pkts which
"4 as the same as PTS request 6
Buf_size > Pkt_size
. -—-

Packet_buffer_update()

*Move pkts in buffer
*Update Buf_size
*Release packets

Transport
Layer:
udpAMPsink

Packet_rec()

Execute in regular time
* log *.rec file 174
.

Playout_bar()

Want play-out: PTS request

L *Judge framesize has value
*Play-out, record to *.fio

Figure 17: Functions in receiver Application Layer

signal range to WMAN/WWAN_BS signal range (not limited in discussing WiMAX
802.15e-2005 BS) such evyent.

To test our proposed AMP; we let. the MN, onlyidetect the channel and collect
the received power to get the value jof-echannel environment without executing AMP.
We allow MN to execute AMP when df@’ﬁ‘&s heen alveady smaller than d22F 5o it
should immediately adjust.the playout int"ierval when it becomes true.

Without considering all the re‘_cr:ansnii:s,:sion: behaviors, we will just present the
outcome before handover, to observe how deadline postponing to frames playout
when handover occurred, frame.received status until handover, etc.

About the performance of our propesed AMP executed on video streaming, we
use some representable evaluation ways to observe the outcome. We will compare
our proposed AMP with non-adaptive, conventional AMP scheme, and APTA

scheme. We will introduce the schemes in the following sub-Sections.

5.2.1 Conventional AMP Scheme

There are many papers design their P based on the number of remaining frames,
and it is useful in some simple cases. They set that P;,.. and Py, relates to the

remaining frames in playout buffer. The relation between the number of remaining
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Notation Description

Video sample name
Video coding format
Coding/Transmission rate
GOP (Group of Picture)
Frame rate

Max fragment size

Buffer occupation and playout

Playout buﬂ‘leﬂm

Transmlsswn Fieguen;cy

ife_;: -53{'\@

A0 ok

. 212Iﬂ2ei ,gn?z

foreman _cif repeat
MPEG-4

1.5 Mbps

12 (IPPPPPPPPPPP)
25 frame per second
1388 bytes

30K bytes

RX_Thresh (received threshold) BN 7 10 Wt

Distance sample interval
Section decision frequency

MN probable speed

25D'u7"at'ion

0.2 sec
1 sec

1 to 15 m/s

0.4 sec

Table 8: Simulation parameters
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frames and P is like:

(

P = Pinermrax X Xf@ , ¢ remaining frames, ¢ € RT, ¢=10,xr)

P=0% , XL to xg remaining frames

P = Pyecrmrax X Q;’;*’ , o remaining frames, 0 € RY, o= (xg,xu + (xz — 1)]
| P =Paecr,mrax , 0 remaining frames, 0 € R, o= (xg + (xr — 1), 00)

(5.1)
referred from [1], after we have already known that in normal condition the play-
out buffer always has x; to xm remaining frames based on long-term monitor. By
definition and from some constraints, we know that in our simulation, x is 3 and y g
is 4 in normal environment, so the conventional AMP will keep the number of frames
in playout buffer as best it can in the whole of simulation. Obviously, this scheme
is not suitable to be used in this scenario because it does not have any element to
predict handover, etc. Because the video type is live-streaming, and it is quite easy
be impacted by channel, so we could imagine that even though it tries to keep ¢ not
below than 3, it still has large_probability tJbZKlowerj_ this value when the MN is in
Shadowing Zone and closer to the édge of WiFi signial range.

b

5.2.2 APTA Scheme oo XATF 2 "'.

L ?'-1 Fa
APTA (Arrival Process Tracku’Lg A?}ggﬁ—t'ﬁm is named by [19]. It refers video
rem&_@mglwdeo frames in playout buffer to

frames arrival rate and number
decide P ( [19] supposes that eyery p cket could ie treated as a complete, individual
video frame). Like other papers 1t; serparates tli uffer‘étatus to be Safety Zone and
Warning Zone. It also uses a quadratlc fanctionike 9 5rather than the linear function
to adjust the playout rates in Warning Zoneyand it claims that it could reduce VDoP.
Different from other papers P boundary setting, its range of PP is much larger than
others to prevent buffer overflow /underflow. Comparing with the conventional AMP
mentioned before, we could imagine that it is more sensitive to channel condition,
and it could do a better decision when it finds out that the arrival rate is lower
than normal, although it does not know the phenomenon is caused by shadowing
network. It should have less packet loss and buffer underflow before the handover

than non-adaptive and conventional AMP schemes.

5.2.3 AMP Scheme without Section Schedule

In Section 5.4, our proposed AMP will compare with the scheme which does not

have the concept of Section schedule. The scheme is like our proposed AMP except
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Section definition, so it knows when does the MN do the handover, the distance be-
tween the MN and WiFi AP, and the handover duration. About without considering
Section, it means that it does not do any AMP behavior until the remaining time

to handover less than Equation 4.1. After that, the MN executes AMP by using

AMP
min

Piner max until handover finished or it finds out that the equation tho < ¢ is
excluded. Although from Equation 4.1 knowing that we still have enough time to
store frames preparing to handover, it is uncertain about the condition of t7¢ be-
cause it relates to d7¢ and speed,., is variable. Thus we could imagine that after the
scheme executing AMP the MN speeding up, it still could not store enough frames
comparing with our proposed AMP, and contrarily, after the scheme executing AMP
the MN speeding down or stop or turns its direction, it will store redundant frames.
We also have to consider the deviation from distance measurement impacting on dZ©,
and it will cause the scheme executing too early or late. Comparing with above two

schemes, it may have less video interruption duration during the handover.

5.8 Movement Speed IKeéj)z'ng . Stable

First we use 4 m/s speed-of the'MN to be an exampl€ We could use the method
mentioned in Section 3:1.2 to get the Va]‘ue of {8 amd 045 Tike Figure 18 and Figure 19,
E’?tilq receiver MAC Layer. The former is

which the values of received power is ot' (
to search the 3 actual value used 1d his s?telnario and we just show the search range
from 2.0 to 2.9 and do the/linear regression-and get dlﬂ'erent linear relation between
the time and the distance betweej he WiiFi Ag and fe'he MN. From the figure we
could find out that it is enough iifhen we sample f689 seconds to get B. The latter is
the relation between the sampling time-and the difference between the calculated and
actual o4p and it shows that we sample for 5 seconds at least and get a closer value.
After we get 8 and o4p, we could start to calculate and get the probable distance
between the MN and the WiFi AP like Figure 20. The calculated distance means the
distance is got from received signal, sampled for a while for collecting enough samples,
and the actual distance is to compare with calculated distance, and the function of
the updated distance is to prevent high variation of Section changing during AMP
execution. The points would be the schedule’s checkpoint to check whether AMP
is already on the schedule or not. We have to get a balance between the degree of
schedule accuracy and the packet storing efficiency.

From Figure 21, it shows the advantage of handover time prediction mechanism

and the Section scheduling, so it will start to do AMP much earlier and more positive
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duration is 2 seconds



5.3. MOVEMENT SPEED KEEPING IN STABLE 58

20%

oo |\

10%

standard derivation

5%

The difference from the actual

0% f T

Sampling time (sec)

Figure 19: The relation between. iaﬂt]ﬁ-l‘hﬁ tﬁhg';é.ﬁd.}he difference between calculated
and actual o,p AP b _‘% )

I r o

W)T"

120

100

80

60

(meter)

40

20

Distance between the MN and WiFi AP

20 21 22 23 24 25 26

Simulation Time (sec)

—— Calculated_distance -«---- Actual_distance —s— Updated_distance

Figure 20: The Relation between the Actual Distance, Calculated Distance



5.3. MOVEMENT SPEED KEEPING IN STABLE 59

14
- AN

0 AAA L
8 Aoy
AnTN

Number of Remaining Frames in Playout Buffer
)]

21 22 23 24 25 26

Simulation Time (sec)

‘ e \Nithout AMP ~ e====Conventional AMP  e====APTA  e====Proposed AMP ‘

Figure 21: Number of remaining frames in playout buffer when a frame playout

50% I
40% A

30% "
20%

10% -

: : 40
0 35 |
% Nnh AN

25 +

—

20— LA !
15

10
5
0

-10% -

-30%
-40%
-50%

Frame Playout per Second (fps)

21 22 23 24 25 26 21 22 23 24 25 26

AMP Execution Strength (Relating to
Normal Playout interval)

MWl -

Simulation Time (sec) Simulation Time (sec)

= Conversional AMP ~ e===APTA  e===Proposed Amp ‘ \ ‘ = Conversional AMP  e====APTA  e===Proposed Amp

L 1 . =
en P/ f&sl and simalation time
R y

Figure 22: —Re‘l;{f:idn-.l)eltwe_

ol O n— -

than Conventional AMP showed in IE‘:ilgur'e 22- We :c'ould directly observe the last
playout frame before handover an(ri: k';lox;v that Without AMP, Conventional AMP,
APTA, and Proposed AMP already stored 1, 2, 3 and 11 frames, respectively. Pro-
posed AMP tries to overcome the efficiency of frame storing reducing due to playout
and shadowing network, and the latter will cause the huge impact when the MN is
close to the edge of WiFi AP signal range, while Conventional AMP only tries to
prevent buffer underflow. APTA has a more number of frames storing and no buffer
underflow event happening because it considers frame arrival rate and buffer status
at the same time.

The reason why there are some obvious gaps happened in the figure is that, we set
the GOP is 12. The value of GOP will impact the efficiency of frame storage when

receiving I-frame based on the retransmission mechanism (REQ). The worse quality
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Figure 23: The number of completely received and playout frames

of power signal, the lower percentage of packet successfully received for one time, and
the lower efficiency of frame storing.

The reason of why the curves oqer[alzfplrfg ﬁe;eentage of Without AMP and Con-
ventional AMP is high in t}{e "ﬁrst half‘ of t_@e befo;é' handover but low in the last
half of time is that, Conventwn'&lf

tries ‘tlsfy Eq‘uatlon 5.1 easily when the

impact degree of shadowm'g n is light, tlr-re"vldeo packets successfully
received without or seldom ualng R ism. Anﬂ We—could also explain that
why in Figure 22 the "6"0711)6 tiona e is stable in the first half of time
before handover. Whéﬁ the ; sly 1mpacts the efficiency of
frame storage, Conventim;al- AMP éIf;-.,but its target is still to
keep “enough” frames in the pi"' youf S e re»asoh why the curve in Figure

22 is up and down when the,rMN*.l ) i e&ge o.f the WiFi AP signal range.
From the figure, we also find out,thf_}t }he Var1at10n of 'APTA curve is large, although
it has a better performance of frame storlng. JWe think that the algorithm makes P
easily to change to another value which is quite larger or smaller than previous PP due
to high sensitive of frame arrival rate, and it is the purpose in setting Section decision
frequency to a suitable value in Proposed AMP.

Figure 23 and 24 show the condition of required and actual number of playout
frames/packets before handover, and all types of AMP have more frames/packets be
able to be playout than Without AMP, means it is meaningful to postpone frames
deadline, especially in shadowing network case. Because of frame storing for handover,
Proposed AMP playout less frames to get its purpose and it achieve the goal already
showed in Figure 21.

The situation of every frame received percentage showed in Figure 25 is a good
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way to let us know the importance of frame deadline postponing. Because APTA and
Proposed AMP both consider the channel condition to adjust their P, they both have
high packet received percentage. All of the three AMPs certainly work to prevent
buffer underflow, and we could see the phenomena from about 23.57 to 23.72 sec
simulation time. Because the media player has to wait for whole packets received
(totaling 13 packets), separated from 60" frame, and continuing receiving following
packets, it will reduce frame produced efficiency, and the efficiency is also impacted
by the shadowing network. Because it wastes too much time to collect all the packets
to assemble to the frame, it also impact the several frames storing efficiency after 60"
frame, and it is the buffer underflow reason, showed in Figure 21 and 25. And in this

duration we could find out that P in the three AMP schemes obviously rise to a high
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Figure 26: The playout difference of every frame between different schemes and nor-
mal scheme

value showed in Figure 22, but only APTA &ﬂﬂ Proposed AMP successfully prevent
buffer underflow; APTA finds out that the frame arrlval rate is low and adjusts P

earlier than Conventional AMP4 Pro, DI%E finds out the frame storing efficiency
could not catch the schedule’s requiml rt‘*lkleeps present P, so it adjusts P to get
the goal. .

Figure 26 shows how deadline dlﬁgent MP schemes postpone to playout.
From the figure, we can find. out that at the ha dover tlme the frame deadline of
Proposed AMP postponing achieve bout 400}111 ec larger than Conventional AMP
and APTA schemes about 50 msec. It is qulte the same as the Figure 21 showing,
due to AMP schemes using deadline postponement approach to store frames, and the
approach could also make the video interruption be postpone. Our proposed AMP
based on the characteristic to hope that the link could be re-constructed between
the MN and video server before the video interruption, which is already postponed
by AMP. From the figure, we could find out that Proposed AMP could support
larger frame delay during the handover and has larger probability to prevent video
interruption during the handover.

Figure 28 shows the different schemes video quality. We have to understand that
we could not find a precise frame number to do the comparison because the charac-
teristic of AMP. We sample the frames which the MN in handover duration, and the
frames transmitted in the duration from the media server will be received successfully

after the handover finished. From Figure 21 we know that video interrupted happens
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Figure 27: PSNR comparison

after handover begun in Without AMP, Conventional AMP, APTA, and Proposed
AMP are about T, 2T, 3T, and 11T, respectively. We have already known that it is
no meaningful when they receive Videp,f'rarpes which are already over playout dead-
line. So the conclusion is thatt tlhe1 v1dﬁo qua-hty s’hq_uld become worse in handover
and APTA schemes. But at the same
time, Proposed AMP cou~1d keep i eviz_lﬂ_th_ough it also does not re-

ceive any frames from t'he'wse‘r : are the:frames in different schemes
playout in the handovqg duration. _ A is o mpar;gl with 118" and 117
video frame playout by-»Wzth . onal A‘MP schemes, respectively,
which is already known that 6‘ haﬁ'dover duration but re-
ceived after the heterog'e_-rr}.eg_)__r_}ﬁ.g over and 5 ke frakme are over the playout
deadline. About Proposed(—A/E[-} 4 e‘i‘-t'd kﬂayout 118" frame after handover
and it also successfully recelves the fra,n‘le .Weare alSQ known that at the same time
our proposed AMP is playout 1()6”‘" video frame, 'but after we use YUVviewer [62] to
get the frame we find out that it is not the same picture, so we show the probable
pictures in Figure 28. The first two pictures are 117" video frame of Without AMP
and Conventional AMP, and the remaining pictures are Proposed AMP from 106"
to 118" frames.

And Figure 27 shows the PSNR curve and the average values, and we could use
the outcome to compare with Figure 25. A frame which is not received successfully
will cause PSNR. reduce, no matter what the mechanism we use, and we find out the
the average PSNR of Proposed AMP and APTA schemes are much higher than other

two.
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Figure 28: Frame quality comparison by visual inspection
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Figure 29: DoP and VDoP comparison

Finally, we will compare the value of DoP and VDoP using Equation 2.3, and
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the outcome of DoP and VDoP in different schemes showed by Figure 29. Here we
redefine the definition of first sub-equation to be the same as the normal playout
frame, because the decoder will still try to repair and conceal injured frames and
playout, so we will not treat the frame’s DoP particularly which is the next frame of
injured frame.

We find out that although Proposed AMP’s average DoP is worse than Conven-
tional AMP, the former gets better VDoP than the latter eventually, even it does not
do any roll-off behavior. And the high DoP and VDoP on APTA reason is mentioned
before and easy to get; although APTA does not have less number of unable playout
frames, the high playout interval variation and high P decision to make the score
worse.

In summary, Conventional AMP is suitable to be used in non-live streaming,
unpredictable piecemeal, short packet delay interval, so it does not have a plan to
prevent “predictable” burst packet delay. Although APTA has its own frame arrival
monitor to be one of main P decision elements, thesalgorithm still leaves some space
to improve. Even though APTA has & worse bérform_ance in DoP and VDoP, APTA
is a good way to detect.the channel condition. C"dntrarily, Proposed AMP uses a
series of mechanisms to crééte 0 st(l)}'mg frarpe-z,g,chedul'ét_-:@o prevent video streaming

interruption from burst packet delay .d'ﬂ'é;to.'lhgé"?e;rogenedus handover.
T

== ||
5.4 Accelerating ]\{ ve@en:;t Speed before Han-
dover CA Y !I |/ 4

In our opinion, we could not g’ﬁarqntee that’ the MN keep its speed stably, so the
remaining handover time would ‘be chrangé, anvd it is the purpose of Section defini-
tion. To show the concept of Section in our proposed AMP is useful and important,
we change the mobile speed from a constant value to two values to compare with
the scheme with almost the same as Proposed AMP except Section existence. The
scenario becomes that: a MN keeps its speed in 4 m/s for a while, and after that it
accelerate its speed to 10 m/s at the 24.6"" second and keeping the speed to handover.
We adjust the “Section decision frequency (1 second in default)” to be as same as
“Distance sample interval (0.2 second in default)” to increase Section updated fre-
quency, so it means that every 0.2 seconds, AMP core decision part will receive d?°
from handover time prediction part and make its own P decision. Because we still
have to consider the disparity between d4°” and d°74, it is hard to avoid the differ-

ence between the number of frame required storing and actual storing both on the
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two schemes, and adjusting the “Sectz’o{n decisioh frequency” may reduce the distance
measurement impacting on AMP decision. L

Figure 30 shows the number of frame storing before handover, and we know that
about Non-Schedule speed AMP case, it could not achieve the goal before handover.
Here we already renamed from Proposed AMP to Proposed_ speed AMP to compare
with Non-Schedule speed AMP which does not have a concept of Section. We could
imagine that the worse result it would get if it executes AMP before the MN speeds up.
Similarly, we also could imagine that it would also store more redundant frames when
MN speeds down after it executes AMP, and the distance measurement deviation
will have larger impact than Proposed_speed AMP. Although we know that Non-
Schedule speed AMP just needs to spend less time to store frames by calculation, it

exists some risks when it start to store frames, such as distance measurement deviation
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Figure 32: The number of playout frames

which is showed in Figure 31, the efficiency of frame storing when it is close to the
edge of the WiFi signal range, the degree of shadowing network effects becoming
seriously impact the packet recellve\d condition. }n the beginning of Section 5.3, we
have already knew that the Pﬁrpose of’rAME)'iJs to ove’rcorne the shadowing network

having a higher frequeﬁ_c}rf-?fo

be higher, but it also mﬂkes;e :
keep updated schedule and cnrreﬂ% ]
causing P be trembled. Flgure 32 Frgure 33 and li‘lgure 34 show the shadowing
network effects on packet received an({ frame pla;fout

Figure 35 shows the playout delay difference between Non-Schedule speed AMP,
Proposed_ speed AMP with normal playout time. It is late for Non-Schedule speed
AMP when it finds out that there is not enough time to store frames then starting
to execute AMP before speeding up. From the figure we also find out that Non-
Schedule_speed AMP both two schemes pause in executing AMP due to distance
measurement deviation, and the phenomenon becomes to a serious problem to reduce
the number of storing frame. The problem makes a much large gap between the goal
in Non-Schedule _speed AMP scheme, but only causing limited gap between the goal
in Proposed_ speed AMP scheme, and it could tell us that it is quite important to use
the concept of Section in our proposed AMP.
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Figure 36 shows the outcome of PSNR and Figure 37 shows the outcome of DoP
and VDoP. It is no doubt the PSNR outcome of Non-Schedule_speed AMP occurred
at about 23.7%" second because of without AMP execution and causing packet loss, and
it also causes large local DoP to make the average DoP is worse than Proposed_ speed
AMP scheme. Because Proposed speed AMP only has one frame unable to playout
in the end of simulation, it becomes a main reason to make the outcome of VDoP is
better than Non-Schedule_speed AMP. 1t is not difficult to imagine the outcome of
DoP and VDoP. Because none of them let packet loss happen and Proposed_ speed
AMP stores more frames than Non-Schedule_speed AMP, the DoP score the for-

mer is worse than the latter. The high variance of P impacts the VDoP score of
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Proposed__speed , and the square-wave-like curve impacts the VDoP score of Non-
Schedule speed AMP. Here we do not show the outcome about PSNR because they
both have no frame dropped.

We could get a conclusion from a series of simulations above. Because our proposed
AMP has handover time prediction, handover duration prediction parts, and it means
that it could get some important information from outer environment to predict the
handover occurrence time. Furthermore, AMP core decision part based on the concept
of Section could create a schedule to check the progress of frame storing to prevent
some events like speed up or down, etc. Although there are some benefits of our

proposed AMP, it still has some trade-off and limitation.
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The concept of AMP is to postpone frames playout time to prevent frames dropped
due to over playout deadline, but it also changes the duration between transmitted
and playout time (£Y), and it will make the live-streaming requirement harder to
accomplish. Here we define that for all t¥,j = 1,... could not exceed t¥ set by the
user. This scenario is a good example to observe and explain the problem. If ¢Puration
got from handover duration prediction part to AMP core decision is larger than ¢%, it
should have no any approach to prevent video interruption. Some time-sensitive types
of media could set t¥ to be a suitable value to get more comfortable on interaction
after referring the network condition, like 400 msec set in [63|. Be remember that the
parameter setting will seriously impact the human feeling and AMP efficiency.

Our proposed AMP still has some space to improve and listed below:

e The way to make VDoP outcome to a much lower value. Although our pro-
posed AMP gets a good score about VDoP due to low packet loss before the
handover, the variation of P.is still quite large and it will make the audiences
uncomfortable. Due to-above r’gafs_on, We could use roll-off function to reduce
VDoP or even getting a-balanee in frime Stdfing efficiency because it has a

trade-off between of them /In Chapter 6. 1 we will-use roll-off approach already

mentioned in Section 2.2.2 tof coné.truct am optimization framework. We could
Yo

|
use the optimized outcome to h(

7 F_ﬂhuns in/ AMP core decision part and
try to minimize the VDoP valu ] f{: || E
e The precision of df°, tHO d tﬁz”““‘ml ~and it-,should have some ways to
improve. Some subJects may useful for lkhe Sltuatlon like vehicle movement
prediction. And we believe' that if we eould get some additional information
from the MN besides packet received time, received power and current speed
like GPS, it should also improve the precision of the outcome. About the
improvement on handover duration prediction, we should analyze the structure

of backbone networks in real case and time waste.
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Chapter 6

EXTENSION AND CONCLUSION

From the simulation result of Chapter 5, we find out that although our proposed
AMP got a better VDoP than other cases, there are some rapid risen or dropped
events happened in the DoP curve, and this phenomenon will impact VDoP score.
Thus, in Section 6.1 and 6.2, we will use roll-off approach to let the curve risen or
dropped slighter, considering the frame storing/releasing efficiency, and finally we
could get a much better VDoP. Then we could get the conclusion from previous
simulation results in Section 6.3, and some plans could be added are mentioned in
Section 6.4

6.1 Roll-off Parameter Séttin_gs

In this section, we use. another viewpoint o g;:t a_suitable roll-off function to
minimize local VDoP in some spemal Cases Frrst we disctiss the profile of our proposed
roll-off function execution to! conve 1en§tﬁ fdrmulate our objective functions and
constraints about VDoP m1n1m1za1f1 n. To Tet, qhe roll-off function more practical,
we consider the situations /of ‘eurren M i_andll fpetwork:’énvironment to decide the
function, like the MN current‘speei ithe remainiPpg tirhé changing to another P, the
gap between the last and goal of P, and the currént Section. Because the problem
is a non-linear programming, we will“tun *the simulation after we get the objective
functions and constraints and get the relation between the roll-off execution time
and accumulation additional delay in different kinds of cases. At last we will get the
relation between P and execution time to be our roll-off function.

Table 9 below defines some parameters about roll-off function, and we will ex-
plain the parameters in detail. We just use P;,.. ignoring P4 to represent simplify
description if a parameter relates with AMP execution strength.

Different from using conventional roll-off function and trying to adjust coefficients
to get the goal, we use top-down method to approach our objective. The meaning is
that we first try to know the relation between each frames and their delays causing
minimum VDoP in some conditions, and then we transform the result to roll-off

function and get the goal.

73
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Notation Description

m; : Frame i received time, m; 1 —m; =T, ¢ € [1,P], my =0 (sec)
n; : Frame i playout time, ny =0, n;1 =n; + T+ f; (sec)
fi : Additional delay, f; = K + A, |PAMP| T<f; < |PAMP| T (sec)

past goal

t; : Accumulate additional delay,f; = t;11 —t;,t1 = 0,0 < ¢; < T (sec)

tROLL . The time to start to execute roll-off function, divided into tftgftL’F
and tH9MB (gec)
thOLL The time to finish to execute roll-off function, divided into

"ROLL,F LL.B
tROLLE o q 8OLE,

stop stop (sec)

PAMP . AMP or Inv-AMP execution strength in the end of last Section,

past
N : AMP AMP
divided into Pincr,past and.spdecr,past (%)

llj
PAMP

oal AMP execution Stzemgth in the begi:'nning of next or further

behind Section,, divided into P2 e Fand BN (%)

incr,goal decr,goal

—
y I
’F '| 1

Y i

| I ;".
Table 9: Parameter s tt’@ﬁIAMP roll-eff function
| = | |
m 1|
Here we begin to desecribe our *0 mulation d)# ohjective functions and their con-
straints in different cases. Toi"s'implifi' our:ob jeclwil/e andrconstraint, we do the follow-
ing environment settings, and itis eagy to extend ‘the ‘supposition to general cases.
Before the execution of the roll-off function in every time, the scheduler already gave
two Sections (namely, 2 x t7M) to execute the function, and in this duration the MN

AMP

will receive T frames by defining 7 = 2 X VJT J . We hope the function will only

playout 7 frames or already playout (7 4 2) frames when the MN receives (7 4 1)"
frame and enters a new Section; the former is P;,.,. case executed in AMP mode, and
the latter is Py case executed in Inv-AMP mode. Both cases also have to achieve

the playout rate what the next Section wants.

6.2 Optimization Function Formulation

By already known the fundamental definition and characteristics of m;, n;, and

fi and the meaning of Figure 4 in Section 2.2.2, we start to formulate our objective
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function and its constraints. The formulations below only describe the magnitude of
the playout duration and accumulation addition delay duration without the direction,
so it is the reason that they are all added absolute symbol.

The first case is the function when Pj,cp post is smaller than Pi,er goar:

[Case T]
Minimize Var(t;), fori=1:1:T,
subject to  [(njy1 — n)| < |(nige — niy1)|, fori=1:1:(T =2),
(i1 = na)| < (T X (1 + Piergoar)|), fori=1:1:(T —1),

|(Rir = 1) 2 (T X (14 Pinerpast)[), fori=1:1:(T =1),

_ tHO . tROLL,F

- 4tHO AMP _ ROLLF
Kk~ Ustart ) . tf-c —2X t t

nr = — Ustop )

ti+1—tz’)|§|(tz‘+2__ tiy1)! fOM—l 1:(T =2),
:1:(T —1),
=1:1:(T-1),

1 (T —1),

(6.1)

is like:
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[Case 1]
Minimize Var(t;), fori=1:1:T,
subject to |(Riv1 —ni)| = [(Rige — )|, fori=1:1:(T —2),
|(ni+1 - nz)' 2 (T X |(1 +Pincr,goal)|>7 .fOT t=1:1: (T_ 1)7
[(nip1 —mi)| < (T x |(1 +Pincrpast)]) fori=1:1:(T-1),
ny = tHO = tROLEE = O 9 (4MP = BOLEE
[(tis1 — ti)| = (g2 — tiga)[, fori=1:1:(T =2),
|(tix1 — ti)| > (T X |Pincrgoat|) s fori=1:1:(T —1),
|(tix1 — )| < (T X |Pinerpast|), fori=1:1:(T —1),
(i1 —n)| =T+ [(tia — 8)|, fori=1:1:(T —1),
(6.2)
3 _‘!F
means that it will use\a lowe tore an additional frame
About the obJectlve“funﬁh n an ints in B;;1% o and Pjgc‘f?oal cases are
below, and we have to restat that “ ime unt f rward,‘when using Pge.-, and

[Case IIT]
Minimize

subject to

i = U (T aﬁﬂf*" o
[(ig1 — )| > Kf'h-i =gl 'f07’ i=1:1:T,
|(nip1 —ny)| > (T X ‘(1 +P£é\f§oal)|) , fori=1:1:(T+1),

|(nig1 —ng)| < (T x [(1+ PP V), fori=1:1:(T +1),
D

HO __ tROLL,B
K — Ystart )

Var (t; ), If-or i S ¥

. ROLL,B
ny = tHO + 2 x t9MP =

(tiv1 —t)| > |(tigo — tiz1)|, fori=1:1:T,

(tiv1 — tz)|>(T><\1+Pdf;£ﬁ§oal\) fori=1:1:(T+1),
(tig1 — )| < (Tx [14+PEMP ), fori=1:1:(T+1),
(

decr past

niv1 —ng)| =T — |(tig1 — )|, fori=1:1:(T +1),

(6.3)



6.2. OPTIMIZATION FUNCTION FORMULATION &4

means that it will use a higher efficiency trend to release stored frames by using
Inv-AMP mode, and

[Case IV]
Minimize Var (t;), fori=1:1:(T+2),
subject to  [(ni1 — ni)| < [(nis2 — nig1)|, fori=1:1:T,
[(ni1 —na)| < (T x [(1+ PaME D|) . fori=1:1:(T+1),

|(niv1 — nyi)| > (T X |(1 —Pdéggast)’), fori=1:1:(T+1),

HO _ yROLL,B

- tHO AMP __ ;ROLL,B
k — Ustart 7nT_-t +2Xt t

— Vstop 9

tiv1 — )| < |(tive — tiz1)|, fori=1:1:T,
tic1 — tl)|<(T><|1—|— pME ), fori=1:1:(T+1),

(
( decrgoal
(tivs — )| > (T x [Lp BtMP ) fori=1:1:(T+1),
|(niv1 — ng) =T —I(z+1 )| fOT‘l_l L (T+1),
f =0, th —4%F 7
e (6.4)
means that it uses [ 1GWaf efﬁcfeig :y treﬂd t’o reléase stored by using Inv-AMP

mode. , ‘ W '-" | |

In fact, there are several additiori mi forlnrulatlons and their constraints based
on above, and one of them is useful/in oun: seenazrj;: and already mentioned in Section
4.2. The [Case V] uses in coné{ition lflllat ifPsner

to store one or more frames wheti the roll-off dulatlon is indicated and still achieving

LS smnlar t0 Piner.goar but we want

local VDoP minimization goal. We Believe that. the outcome could be better and
simple to solve than the combination of [Case I] and [Case II]. Below is [Case V],

including objective function and its constraints:
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[Case V] TD: time duration RAD : required additional delay
Minimize Var(t;), fori=1:1:T, (T%2=1)
subject to  [(nit1 — ng)| > |(nige — niga)|, fori=1:1:(]%]-2),
[(nis1 = n9)| < [(Riga —niga)], fori=([5]):1:(T -2),
(i1 = ni)| < (T X [(1+Piney)|), fori=1:1:(T =1),
(e =) = (Tx 1), fori=1:1:(T—1),
ny =t1° ny=t1° —TD, (6.5)

|(tiv1 — )| > |(tiva — tis1)|, fori=1:1:([Z]-2),
(tis — ta)| < |(tive — tiga)], fori=([%]):1:(T —2),
|(tix1 — )] < (T X |Piper]), fori=1:1:(T —1),
|(tix1 — ;)| >0, fomi=1nlu(T —1),

|(nis1 — na)| & T + (e —H)f, fOTZ—l 1:(T 1),

1_OtT_RAD

About the even case of it 15”_srm1lar 1o the odd ‘case above, so we do not
?'-1 ll-j;
| - TR ' '
About above objective fun¢tions d"ﬁf:e-{r constraints, the relation between f; and
t; is that, t; is equal to Zn 71 8ot fu' m EgdatlohIQ 6 andn; = T xi+¢;. Additionally,

the range of former is [|PAMPJ T AMP| T} qllr#d the range of latter is [0, T]. We

past. goal

enumerate it again.

do not consider the original delay between received and playout before the roll-off
execution, so we set the initial accumulation additional delay ¢; is 0 in all cases. We
also know that the purpose of [Case TJ-and [Case TI] are to store an additional frame,
so t7 = T, and the purpose of [Case ITI] and [Case IV] are to release and additional
frame, so t7 = —T to represent the phenomenon.

About the meaning of above functions and their constraints, we just focus on
Equation 6.1 to be an example. The purpose of the function is to minimize local
VDoP when AMP finds out that the gap between Pjcr past and Piper goar 15 quite large
and prepare to use roll-off to reduce VDoP. The first constraint means that the playout
interval becomes equal or longer than last playout interval, to increase frame storing
efficiency. The second and third constraint means that the limitation of the playout
interval, and the fourth constraint means the known values of the playout time. The
fifth constraint means that the accumulation additional delay interval becomes equal

or longer than last interval, and they also have their limitations shows in the sixth
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and seventh constraints. The eighth constraint means the relation between playout
interval and accumulation additional delay interval, and the last constraint means
the known values of the accumulation additional delay.

Besides, we could extend the optimization framework to some general cases by
modifying T, t7, ny, or other variables to become more elastic.

In summary, we could use a series steps to get the optimization playout frame

schedule and thus we could get the profile of roll-off function:

1. Calculate and check Pjpcr goar from Section 4.2 if some event happens. We also

have to choose a right roll-off case to use.

2. Get roll-off execution duration, the least number of frames would receive in
roll-off duration, the least additional delay requirement, Pj,cr past » and Piper, goar

to be the input of the optimization function.
3. Use optimization roll-off funetion to get the playout frame schedule.

It is a simple work to get. the woll-off fﬁnctigﬁ aff_crer;. we know the relation between
playout time (n;) and aceumulation additional del:;j'}; (ti). ‘We just transform the t-n
plot back to P-n (P to playout time)plot andiget thrél-roll—off function like Figure
38 below, which number of playout £ aﬂ:r_gggv;[ll , number of received frames are 11,
Piner.goat = Plﬁé\f P raxs Baer postls 0%, [Cﬁ;:f]",' alnfl it gould promise of achieving local
VDoP minimization, Fiyg= BN~ 1 etcikh \ s

N PY)

6.3 Conclusionﬁ |

Conventionally, AMP is discussed and 7used' in general network cases which have
some scattered packet delay or burst packet received events. To prevent having no
frame to playout and buffer underflow problems, or having too many packets cause
buffer overflow, they use AMP to change frame deadline. But in our opinion, the
solution way is to take a musket to kill a butterfly, because there are many other
methods to achieve the same goal. However, there is no better way to solve burst
frame delay during heterogeneous handover by using AMP.

In this thesis, we use a series of AMP mechanisms to prevent video interruption
from heterogeneous handover duration by delaying the interruption happen event
noticed by users based on buffer underflow. By predicting the handover happened
time, knowing the range of handover duration, doing the frame storing scheduler,

and cooperating with media server, AMP could guarantee that video frames will be
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Figure 38: An example of P-n plot
received again before the buffer und:éi“lﬂow,':’t!d let users be unnoticed about video
interruption, no matter what ;S’For'ne improvement"é'L-izmbedded in lower layers than
Application Layer, and the: MN I'Ollt‘ﬂ_llj dI“lVQS.- By expenments we find out that the
proposed AMP has a good plan td $%@_g_add‘r ional frames preparing to handover,
and defensing low storing effigiency ue@&c{ ing metwork at the same time. By
|o r pﬂposepllF:MP has-lewer percentage of frame

higher PSP|I\T

comparing with conventional AMP,

and packet loss due to some reason than_ conventional AMP.

'-;i: I
6.4 Future Work. =~

In this thesis, we only use AMP to be our main method to achieve the goal, and
there are some useful tools to improve video quality in some constraints like buffer
limitations in media server and in playout buffer, end-to-end delay requirement, etc.
Using adaptive coding rate scheme will increase the number of storing frames and
reduce the impact on packet loss due to shadowing network and keep PSNR being
a good value. Using frame priority transmission scheme could let the receiver gets
important frames first (like I-frame and first several P-frames in GOP) if needed.
Other tool like adaptive changing number of FEC/ARQ [64], VTSS [65], frame rate
control [66,67| jointed with AMP also could improve video quality. Furthermore, to
get a higher precise of distance measurement degree, vehicle movement prediction is a

good solution, and thelP — ¢ curve will also be smoother. The work can be implement
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in complex networks of NS-2 like VANET, or even in testbed devices to close the
real world condition. Actually, for VANET topology construction, we could loading
the maps and WLAN/WMAN/WWAN BS/AP positions based on some providers
like [68-70] to closer to the truth. The subject is full of interest to us to bring more

appealing and comfortable.
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