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摘要 

 

近來，有越來越多的人透過智慧型行動裝置來使用視訊串流服務，包括隨選

視訊以及視訊會議等。由於這些行動裝置通常支援雙模甚至多模網路介面，因此

在使用視訊串流服務的同時，有可能會因為網路品質的變化而需要進行異質網路

間的垂直換手，以切換至最佳的網路介面。在這樣的換手過程中，封包群體遺失

或是延遲送達的現象會較傳統因無線通道下造成的問題來的嚴重，而使得視訊串

流的品質大幅的下降。雖然相關文獻曾提出以「播放快取監視機制」和「接收速

率監視機制」來做為控制播放速率的方式，但這些機制並不能有效解決在異質網

路垂直換手過程中所遇到的問題。 

有鑑於此，在本論文我們利用「可適性媒體播放」的技術，小幅度降低播放

的速率來增加可播放畫面的比率，以改善封包少量、間歇性的遺失或是延遲之下

的視訊品質。我們首先針對異質網路換手的特性，進行「換手時機」以及「換手

期間」的預測，以獲得離換手所剩餘的時間和換手所需的時間。其次，我們將這

些資訊跨層提供給「可適性媒體播放」模組，利用排程規劃執行該技術的時機和

期間，並且設計不同的演算法來處理使用者的移動行為。我們使用 NS-2 來做為

驗證可適性媒體播放技術的模擬平台，從模擬結果中可以發現，我們提出的技術

可以有效的改善異質網路換手對視訊串流品質造成的影響。 



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 bu�er monitoring mechanism� and �arrival rate monitoring mechanism�

to control playout rate, they cannot e�ectively solve the problems occurred during

vertical handover. According to this, we use "adaptive media playout" technology

in this thesis. By slightly decreasing playout rate, it could increase the proportion

of playable frame to improve the video quality in small, intermittent packet loss and

delay network condition. Firstly, we refer the characteristic of vertical handover to

predict �handover time� and �handover duration�, to obtain 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 di�erent 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 �nd out that the

proposed technique can e�ectively 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 streaming; the former has some popular

applications to be examples like YouTube [4] and I'm Vlog [5], and the latter also has

some popular examples like PPStream [6], hichannel [7], Gmail talk [8], etc. We will

focus on video quality changing when using live streaming afterward.

The video quality becomes unstable obviously when audiences move and use some

mobile devices to play live streaming, like cell phone and vehicle TV. The devices

may support some types of wireless network or mobile telephony communications

protocols to receive the streaming, like IEEE 802.16e [9], IEEE 802.11p [10], ETSI

GSM [11], and 3GPP HSDPA [12]. Figure 1 is an example to describe a mobile node

going through the several WiMAX 802.16e-2005 andWiFi 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 �nds 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, bu�er under�ow and video interruption some

serious problems.

Nowadays, there are some powerful techniques published to reduce the e�ect 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

1
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Figure 1: A sketch of WiMAX 802.16e and WiFi 802.11b heterogeneous handover

control will improve the video quality than using pure UDP. In routing protocol,

AOMDV [14] is able to reduce re-routing time and losing link percentage. In MAC

Layer, IEEE 802.11e standard [15] has already provided a di�erential service for

multimedia using. Although there are many good thinkings trying to maintain the

video quality as above, we could not guarantee that the whole network has already

supported QoS techniques in realistic condition. Therefore, our objective is to keep

high video quality by modifying the video provider and receiver only in Application

Layer. We treat the lower layers as a �Black 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
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e�cient 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 bu�er

fullness to decide playout interval, but it is not suitable to �t in vertical handover

case because it does not have enough time to postpone playout time when it �nds out

that the bu�er becomes under�ow 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 purpose of handover duration prediction part is

to get the time spending during the handover. The part uses theoretical approach

to get the handover duration, and the output will relate to the playout postponing

time. We will detail the two parts in Chapter 3.

AMP core decision part is to decide AMP execution time, duration and strength,

based on network acquirement parts. AMP execution duration decision is based on

the output from handover duration part basically, to decide the playout postponing

time requirement before handover to prevent video interruption. AMP execution time

and strength are based on the output from handover time prediction part. To guar-

antee achieving the goal after considering the e�ects 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-o�

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-o�. Next, we will discuss some

phenomena happened in di�erent 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 duration by listing some characteristics.

2.1 Video Streaming System

Video streaming is one of the network contents transmitted from server to client.

Di�erent from some ordinary data contents, video streaming server sends video pack-

ets which are separated from video frames. We could separate the sending, receiving

and playout ways to three kinds of methods. Besides, the network stability require-

ment and time sensitivity of them are quite di�erent. Then we will introduce two

video quality evaluation tools which will be used in 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 �rst method

is very like traditional data �le transmission; media player begins to play after receiver

downloads whole video ��le�. 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 �le 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

4



2.1. VIDEO STREAMING SYSTEM 5

streaming such video transmission method to improve quality afterwards.

2.1.1.1 On-Demand Streaming

The most obvious di�erence 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 �le to transmit. Di�erent from traditional �le downloading approach, receiver

begins to play streaming before it �nishes downloading whole �le, and the progress

of playing relates with how percentage the video �le 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.

2.1.1.2 Live Streaming

Previously, the only way to watch live baseball games was using TV if people

did not go to the ball �eld, but now they have more than one choice to achieve the

goal. Some streaming providers forward live streaming in Internet to let people be

convenient to watch live game. Because the duration limitation from encoded to

playout is much strict, live streaming is 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 e�cient 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 MSE 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 di�erence between them is smaller.

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

MSE =
1

m× n

m−1∑
i=0

n−1∑
j=0

(I (i; j)−K (i; j))2 , (2.1)

where I (i; j) means the value of the original pixels, K (i; j) means the value of

the compared pixels, and there are m× n pixels per frame. PSNR uses this value to

be the noise and do the calculation:

PSNR = 10× log

(
MAX2

I

MSE

)
. (2.2)

Here, MAXI is the maximum possible pixel value of the image. If the pixels we

calculating are represented using 8 bits per sample, the value of MAXI is 255. So the

maximum value of MSE is 2552 and thus PSNR is zero. There are many signals have

a very wide dynamic range, so it is the reason that why PSNR is usually expressed

in terms of the logarithmic decibel scale.

2.1.2.2 DoP and VDoP

There is a shortcoming of PSNR which just measures the di�erence 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 e�ect of un-

der�ow and of intentionally introduced gaps. DoP and VDoP are used to capture the

e�ects on users perceived quality. In this thesis, the main target of DoP is to take

the e�ects of playout rate deviation, under�ow 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 de�nition as [19] which also use this tool

to compare the purposed AMP with other AMPs.

The DoP is de�ned by1

DoP (i) =


∣∣tRAN + tj − T

∣∣ , if 1st frame of a certain preroll is played,

|tj − T| , if jth frame is played,

T, if the frame is lost,

(2.3)

where tRAN is a random variable between the range from bu�er under�ow to the

�rst new playout, and tj is the actual playout interval between jth 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 de�ne the meaning of DoP and variance of VDoP:

DoP =

∑NLOSS+NTOL

j=1 DoP (j)

NLOSS +NTOL
, V DoP =

∑NLOSS+NTOL

j=1 DoP 2 (j)

NLOSS +NTOL
−

(
DoP

)2
,

(2.4)

where NLOSS is the number of frame loss and NTOL is the number of playout

frames.

If our proposed AMP were good enough, the main element to let DoP (j) increase

only remaining |tj − T|. Because AMP delays time to prevent bu�er under�ow or

hurries time to prevent bu�er over�ow, it will cause this value varying in contrast to

normal playout way and worse VDoP, and it will become 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 �rst 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.

1The de�nition of DoP in [19] uses �packet� to be a unit, but actually it is more signi�cant if
using �frame� to be a unit.



2.2. NETWORK-BASED IMPROVEMENT TECHNIQUES: AMP AND ROLL-OFF

FUNCTION 8

Figure 2: A Sketch of AMP pro�t: changing the third frame playout time to prevent
frame dropped due to timeout [1]

2.2 Network-Based Improvement Techniques: AMP

and Roll-o� Function

2.2.1 Adaptive Media Playout

Adaptive media playout (AMP) is one of approaches to adapt changeable channel

condition. The main idea of AMP is to change playout frame interval but it is an

imperceptible change in audience feeling. The media player could use it to postpone

bu�er under�ow happened when it playout slower, or to postpone bu�er over�ow

happened when it playout faster. Figure 2 is a sketch of AMP which could explain

the bene�t 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 4T/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 bu�er over�ow or under�ow event when media player �nds out the bu�er

has such trend by using its prediction mode, and then it uses AMP to reduce the

phenomena.

2.2.2 Roll-o� Function

To reduce VDoP, we use roll-o� 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 bu�er to adjust the playout rate. Similarly, we use this way to

create our roll-o� function, which refer to the relation between t and P. Below is an

example of the roll-o� function, which relates to AMP execution strength and the

roll-o� execution duration:

R (t) = P−
(

tstop − t

tstop − tstart

)2

× P, (2.5)

which tstart and tstop are the roll-o� function start and stop execution time, and

P is AMP execution strength. There is an obvious di�erence between [19] and our

proposed roll-o� function. The reasons and the results will show in Chapter 5. And

in the extension part of the thesis in Chapter 6.1, we will design roll-o� function for

minimizing VDoP after we �nd out a large frame delay gap happened in some special

events. We will keep the balance between frame storing e�ciency and VDoP required

by the MN.

There are some rules for our function design listed below:

• The playout interval has to strictly increasing or decreasing.

• AMP will store or release an additional frame exactly in the end of roll-o�

execution in default.

• The time duration of roll-o� execution has to be within a range.

Next, we introduce and describe linear roll-o� function simply here, which is a special

case of polynomial roll-o� functions:

Figure 3 is a sketch of linear roll-o� function, which describes the relation between

the function execution duration and AMP execution strength. Linear roll-o� function
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Figure 3: A sketch of linear roll-o� function

will choose fi to be the current AMP execution strength when it playout ith frame

from ni to ni+1 time. We suppose that we begin to do the roll-o� immediately to

simply the situation after we receive and playout the jth frame and set the received,

playout time and additional playout delay be m1, n1, and f1, respectively. Because

f1 is 0 in the beginning of roll-o� execution, the playout time of the next frame (n2)

is not impacted by f1 and thus n2 is equal to m2 again. We could get a rule that

the place of ni+1 is impacted by ni and fi. In other words, when the MN in time ni

prepares to playout ith frame, it will refer to fi and decide the playout speed, and the

decision will impact the playout frame interval and the next playout time (ni+1), so

that ni+1 = T + ni + fi.We de�ne f2 = K to simplify the functions representation.

Because the function is linear, the slope coe�cient is all the same everywhere, and

we could write f2
n2

= f3
n3
, so K

T = f3
2T+K . We could use this relation to get f3 = 2K+ K2

T ,

and we also could use this method to get f4 = 3K+ 3K2

(T)1 +
K3

(T)2 and other fi. Because

there are some relations between each ni, thus we could �nd a rule like:

ni = T× i+
i∑

η=1

fη, (2.6)

and we already know that

mi = T× i, (2.7)

which means the ith frame in roll-o� zone received time in ideal case, so we could
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Figure 4: The relation between roll-o� execution duration and accumulation addi-
tional received-to-playout delay

directly get the DoP (i) in separate playout frames after knowing from f1 to fi.

Because we know that ni −mi =
∑i

η=1 fη and when
∑i

η=1 fη is equal to T, the
roll-o� will �nish and store an additional frame. We could plot the relation between

the linear roll-o� function execution duration and the �accumulation� additional delay

between received and playout frame like Figure 4. From the �gure, we could �nd out

that it should not achieve the goal in the end of roll-o�, neither we could not promise

that it is the minimum VDoP. By using the similar works, we could get a suitable

roll-o� function in di�erent 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 di�erent 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
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heterogeneous networks by considering some elements to enhance the handover per-

formance, like using MIH2 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 de�nition of bust delay is that several

packets delay to receive, and the delay 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 streaming all the time, and it goes through WLAN range

and doing heterogeneous handover, considering shadowing network in the whole of

situation.

We focus on WMAN/WWAN handover to WLAN and WLAN handover back

to WMAN/WWAN two events, where will su�er from packet burst delay and link

interruption between the transmitter and receiver. We hope that our proposed AMP

scheme could reduce the handover impact and make audiences are not aware of video

interruption. By using NIST WiMAX 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 �gure, we could �nd 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 tra�c server and mobile node while handover
from WiFi to WiMAX by using hard handover approach

into two parts: one part is based on lower layers like Transport Layer, Routing Layer,

MAC Layer, and another part is based on Application Layer, by monitoring the lower

layers behavoirs.

Some solution ways based on network layers except Application Layer are listed

below examples. Many papers have already discussed about how to achieve �seamless

handover� to reduce packet loss, delay and jitter and thus we do not mention about the

topic here. [31] modi�es TCP-friendly rate control to get a higher QoS and throughput

supports. [32] makes MIH collect statistics from Physical, Network and Application

Layers, and update the video encoding parameters in real time.

Some solution ways based on Application Layer are listed below examples. [33]

models handover spending time and feedback concept to adapt the playout rate dur-

ing vertical handover; it estimates the required pre-bu�ering 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 modi�cation 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 bu�er

several packets to produce less delay to keep playout reliability [1]. AMP has some

functions to prevent bu�er over�ow and under�ow, and it also could reduce initial

playout delay. It could observe current throughput, channel condition, and available

bandwidth to estimate frame arrival rate and bu�er 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 di�erent 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 uses AMP to optimize video rate-distortion, but it still does

not consider the characteristics of video streaming; [41] propose a concept of playout

smooth to improve visual quality but cannot be used in live streaming. [33] estimates

handover latency and packet loss by mathematical model, and it also uses feedback

approach to do AM, but the model still has some spaces to improve.

The summary of the shortcomings is below, and our goal is to deal with the

problem and design a better AMP module.

• Although packet delay and jitter is unpredictable in their network environment,

AMP approach still could be replaced with other tools like FEC/ARQ, etc.

• 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.

• 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 arti�cial

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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Figure 6: A sketch of proposed AMP

the duration e�ciently 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 e�cient concept able to reduce packet loss, delay and jitter e�ects,

because it could adjust video playout rate to postpone frame deadline. We could

extend the concept and modify it to �t in the network environment.

We have already known the network environment will cause scattered packet de-

lay due to shadowing network model and burst packet delay due to heterogeneous

handover. Our proposed AMP has to aim at video interruption avoidance but also

has to consider shadowing network e�ect. It has to add some additional functions

to detect or predict the event happened time and duration to decide AMP execution

time, strength and duration. Thus, we use handover time prediction part and han-

dover duration prediction part to collect the information from network environment,

and then we use AMP core algorithm part to decide the time to execute AMP and

its execution strength.

The sketch of Proposed AMP is in Figure 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 e�cient tools could reduce

the e�ect. But we could not �nd an useful AMP to �t 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.

Di�erent from conventional AMP simulation environment, we use propagation

shadowing channel network model replacing Markov chain to be the source of packet

loss; we seriously discuss the e�ects of network and the receiver conditions on AMP

execution strength decision.

In Section 3.1, we will do a series of jobs to predict remaining time and distance

to handover. In Section 3.2, we will discuss the handover duration in di�erent types

of networks. In Section 3.3, we will construct a feedback mechanism between the

media server and receiver to allow the former to get the handover information and

delay frames transmission during the handover if needs.

We could use Figure 7 to show the simpli�ed relation between two outer infor-

mation gainer and AMP core decision. When MN enters WLAN AP signal range,

the �ow 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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Figure 7: AMP whole �ow chart

and then we will make a reason to do the handover time prediction. The objective of

the handover time prediction part is to precisely estimate the MN remaining time and

distance to handover. We focus on handover time prediction when the MN is in WiFi

signal range, to predict when does MN handover from WiFi back to WMAN/WWAN

[42].

Additionally, there is an important thing to mention before we starting this sec-

tion. We have to give special emphasis to some �gures when we use statistical view-

point from samples. The source of these samples is caught from NS-2 MAC Layer,

and we temporarily use CBR (constant bit rate) tra�c to replace video tra�c 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 �le, 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 simpli�ed 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



3.1. HANDOVER TIME PREDICTION 18

Notation Description

speedi : The MN �e�cacious� speed between receiving ith packet
and (i+ 1 )th packet, related to speedi∥AP (�subjective� speed)
and speedi⊥AP (�invalid � speed) (m/sec)

dRECV
i : The distance between WiFi AP and MN after received ith

packet (m)

dACT
i : The actual distance between WiFi AP and MN after

received ith packet (m)

dSTA
i : The statistical distance between WiFi AP and MN after

received ith packet (m)

dCAL
i : The simpli�cation distance calculation between WiFi AP

and MN after received ith packet from dRECV
i (m)

Rt : The range of the MN able to receive packet transmitted by
the WiFi AP (m)

tHO
i : The remain time to handover after received ith packet (sec)

dHO
i : The remain distance to handover after received ith packet

(m)

tDecay
i : The remain time when packet loss happens due to

shadowing model settings after received ith packet (sec)

dDecay
i : The distance between WiFi AP and MN when packet loss

happens due to shadowing model settings after received ith

packet (sec)

tDuration : Handover duration estimation (sec)

Table 1: Parameter settings for handover time prediction
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Figure 8: A Schematic of the MN receiving CBR tra�c from media server through
WiFi or WiMAX BS.

Table 2, and Table 3, [43].

We have already known that the log-normal shadowing model is like Equation 3.1:[
P r,i (d)

P r,i (d0)

]
dB

= −10β log

(
d

d0

)
+ χdB. (3.1)

Here χdB means the Gaussian random variable with zero mean and standard

deviation σdB, or we could rewrite to N (0, σdB) replaced χdB. About the typical

values of β and σdB used in some simulations are in Table 4. About Equation 3.1, we

could separate it to the following elements:

Pr,i (d) = Pr0 × 10
powerloss_dB

10 , (3.2)

where
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Notation Description

β : Path loss exponent

dist0 : Reference distance, typically is 0 [44](=d0) (m)

σdB : Shadowing derivation

Table 2: Parameter settings in shadowing propagation model

Notation Description

Pt : Transmitted power signal strength (Watt)

Pr,i(d) : Received power signal strength of ith packet (Watt)

Gt : Antenna gain of the transmitter

Gr : Antenna gain of the receiver

L : System loss

d : Transmitter-Receiver (T-R) separation distance (m)

λ : The communication wavelength (=c/f) (nm)

Table 3: Parameter settings in free space propagation model



Pr0 = Pr,i (dist0) ,

Pr,i (d) =
PtGtGrλ2

(4π)2d2L2 ,

powerloss_dB = avg_dB+N (0 , σdB),

avg_dB = −10β log
(

d
d0

)
.

(3.3)

In general, the receiver could get Gt, Gr,Pt, λ, 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 β, σdB, and d; β and σdB are two
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Environment β

Free space : 2

Shadowed urban area : [2.7,5]

Line-of-sight : [1.6,1.8]

Obstructed : [4,6]

(a) Some Typical Values of β

Environment σdB(dB)

Outdoor : [4,12]

O�ce, hard partition : 7

O�ce, soft partition : 9.6

Factory, line-of-sight : [3,6]

Factory, obstructed : 6.8

(b) Some Typical Values of σdB

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 node may move or static at any time, so d is not

a regular value. We know that d is an important value to decide handover remaining

time. We will use statistical approach to get β, σdB, and d in the next section and

in Section 5.3 simulation part.

In Figure 9, it is a sketch which shows the relation between the free space prop-

agation model and the shadowing propagation model (or we can say that free space

model is a special case of shadowing model which β = 2, σdB = 0 ). The x-axis is the

node distance against with the transmitter, and the y-axis is the power distribution

and it shows in logarithm.

After describing about some characteristics of handover due to shadowing prop-

agation model, we know that the P r,i 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 Pr,i, like β, σdB, 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: β and σdB , and then it tries to get the distance

between the WiFi AP and MN.

3.1.2 Getting β and σdB 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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Figure 9: Received power is impacted/not impacted by shadowing network

Equation 3.4:

log (Pr,i(d)) = −β log (d) + log (Pr0) + 0.1×N (0, σdB) . (3.4)

It means that when we know the distance between the WiFi AP and MN (i.e.,

d = dACT
i ), we put the other known parameter values to Equation 3.4 and get

the log (Pr,i(d)). The receiver will check whether this value whether is larger than

log (RX_Thresh) or not to be able to receive. Here we de�ne the WiFi AP trans-

mission range (Rt):

Rt = 10
− log(RX_Thresh)+log(Pr0)

β , (3.5)

We also know that if the channel is not impact by shadowing deviation (the last

element in Equation 3.4), we could get the corresponding, one-on-one Pr,i(d), and

vice versa. Here we change the symbol in this special case from Pr,i(d) to Pβ,i(d),

which does not consider N (0, σdB) element. So we get the conclusion that the actual

Pr,i(d) and d will be in a range of:

Pβ,i(d
ACT
i )× 10−0.1×2σdB ≤ Pr,i(d

RECV
i ) ≤ Pβ,i(d

ACT
i )× 100.1×2σdB

→ dACT
i × 10

−0.1×2σdB
β ≤ dRECV

i ≤ dACT
i × 10

0.1×2σdB
β .

(3.6)

by using three-sigma rule, respectively, where dRECV
i means the probable result of

distance after calculating when knowing the ith packet received power and the value

of path loss exponent which could be written as:

dRECV
i = 10

− log(Pr,i(d))+log(Pr0)+0.1×N(0,σdB)
β . (3.7)
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So we know that there are about 95.45% of received signal (Pr,i(d
RECV
i )) is in the

bound between Pβ,i(d
ACT
i ) × 100.1×2σdB and Pβ,i(d

ACT
i ) × 10−0.1×2σdB . Because the

expected value of N (0, σdB) element in this case is 0, we assume that we will collect

enough number of dRECV
i samples to do the statistic calculation and let Equation 3.7

could be written to 3.8:

dCAL
i = 10

− log(Pr,i(d))+log(Pr0)

β . (3.8)

And we could easy to �nd that the unknown parameters only remain β to get the

dCAL
i . Now we suppose that the initial value of β is 2 from Table 4 in this condition.

We continue using this method to collect the packets after ith packet and get the

series statistical distances (dCAL
i , dCAL

i+1 ,..., d
CAL
i+N ), 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 3.91 where dSTA
i is

the calculated distance given ti. To simplify the regression calculation, we suppose

that the speed of MN keeps a stable value except zero when sampling.

dSTA
i = ai × ti + bi. (3.9)

From Equation 3.9, we could begin trying to plot the relation between the ti and

dSTA
i after knowing ai and bi values using linear regression. We also know that the

slope coe�cient means the mobile speed which the x-axis is time, y-axis is distance

between WiFi AP and MN. When the slope is smaller than 0, it means that the MN

is approaching to the WiFi AP, and when the slope is larger than 0, it means that

the MN is leaving from the WiFi AP. We could use the di�erence between the speed2

and ai to modify β to let ai value be closer to the speed and get the right series

statistical distances (dSTA
i , dSTA

i+1 ,..., d
STA
i+N).

The concept of adjusting β to let the speed slope and the linear regression slope

almost the same is that, if the β value we give in (dCAL
i , dCAL

i+1 ,..., d
CAL
i+N ) is as the same

as the β value the propagation model, after we do the regression analysis to except

the Gaussian e�ect from (dCAL
i , dCAL

i+1 ,..., d
CAL
i+N ), and it should be the actual route the

MN going through like Figure 10, and obviously it does not have any relation between

β and the MN speed. But from the limitation of regression and the characteristics

of distribution, we would not �nd a suitable β 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, speedi, we suppose that speedi∥AP is equal to

speedi temporary, to simplify the distance calculation. When the MN is further away from WiFi
AP, the value of speedi∥AP is closer to speedi.
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Figure 10: Slope comparison between the MN speed and the linear regression

Figure 11: Path loss exponent guessing vs. the ratio of time and distance between
WiFi AP and MN in di�erent number of samples
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Sample
Numbers

β (Slope)
Between

Actual β(%)

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: Di�erence between calculated and actual β in di�erent 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 �gure means the distance got from Equation 3.8, which Pr,i(d) and Pr0 are

already known, and we give β a value as the same as actual one. The point line

means the linear regression result got from diamond points. We care about the ai of

its linear regression equation, and it shows that the slope between the linear regression

equation and the actual distance equation is close. The thick line means the current

speed value, and the points means the regression line's slope in di�erent number of

samples when we guess β be a value. The result of the di�erence between calculated

and actual β in di�erent sample numbers shows in Table 5.

After calculation, we could use this β in other samples to get more precise value,

until it achieves Equation 3.10. To reduce the calculation times, we set the β is

accurate to 1 decimal place:

min

(
speedi − ai

speedi

)
. (3.10)

In summary, we could use Figure 11 to indicate the β �nding process and the rela-

tion between actual distance (dACT
i ), received distance (dRECV

i ), calculated distance

(dCAL
i ) and statistical distance (dSTA

i ). dACT
i is the actual distance between WiFi

AP and MN, and dRECV
i should not equal to dACT

i when MN receives power signal

in shadowing environment. dCAL
i is the simpli�ed element from dRECV

i and then we

use regression analysis to except Gaussian e�ect and get dSTA
i in every given sample

time. If we have many samples to calculate, we think that the dSTA
i is almost as the

same as dACT
i .

Here we start to get the σdB. We could use the di�erence between dSTA
i and dACT

i

to get the σdB. We suppose that the dSTA
i is similar with dACT

i . We could divide dSTA
i
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Figure 12: A simpli�ed �ow chart about getting β process

and dACT
i to be Equation 3.11, here β has already known.

dSTA
i

dCAL
i

= 10
0.1×N(0,σdB)

β . (3.11)

From statistics, we known that in three-sigma rule [46], says that there are about

95.45% results are within ±2σdB in this case, and we could use this rule to �nd a

similar value to σdB. We have 95.45% con�dence to say that if we have many samples

from N (0, σdB) like υ1, υ2, , . . . , υn−1, υn and n is quite large, and thus they are

satis�ed that:

|υi| ≤ 2σdB, i = (1, . . . , n) . (3.12)

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

have many pair of samples could be written as:∣∣∣∣10β log

(
dSTA
i

dCAL
i

)∣∣∣∣ , (3.13)

and we have 95.45% con�dence to say that Equation 3.13 is equal or smaller than

2σdB, and thus we could get the probable value of σdB, which equals in the last number

of top 4.45% large value of the samples.

From Figure 13, it shows the di�erence between actual (using thick line to show)

and statistical (using dotted line to show) σdB, and from Table 6 we reach a conclusion
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Figure 13: Di�erence between actual and statistical σdB

Sample
Duration
(second)

Probable σdB σdB Di�erence (%)

0.50 4.318 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 σdB, and the di�erence
between probable and actual σdB
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Figure 14: Handover distance time prediction by using geometric approach

that if we have enough samples and we could get the di�erence between them lower

than 5%.

3.1.3 Using Geometry Model to Do the Handover Prediction

After we get β and σdB, we could start to predict the approximate handover time.

From Figure 14, it shows the relation between the sample time and the dACT
i . 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 κ in default used by some parameters henceforth

because we will do a calculation one time when we received κth I-frame to have much

precise between the actual value.3

From Figure 14, the MN gets κth 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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dACT
κ , and the MN gets (κ+ 1)th I-frame and also gets the distance between WiFi

AP, dACT
κ+1 , after tκ time. So we focus on that we want to get the distance from the

place when the MN gets (κ+ 1)th I-frame, to the radius of WiFi AP where causing

the MN doing the handover (DHO), which are overlapped with the MN route (the

overlapped point named MNHO, and another overlapped point named MN init ) in

the future, and then using this value divided by the current speed is the remain time

to handover.

We de�ne some parameters �rst: point i means the place when the MN gets the

κth I-frame; point j means the place when the MN gets the (κ+ 1)th 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; ti means the κth and (κ+ 1)th I-frames received interval; Φ

means the distance between MNinit and i; η means the distance between i and j ; ∆

means the distance between j and k ; Λ means the distance between j and MNHO; R

means the distance between O and MNinit or the distance between O and MNHO,

equals to DHO.

Now we discuss when the MN is closer to the WiFi AP, means that dACT
κ is larger

than dACT
κ+1 , and from the �gure we want to get the distance between point j and point

MNHO, that is, Λ. We use geometric method to get the answer.

From trigonometric function, we get relations between the parameters:

cosϕ =

(
dACT
κ

)2
+ η2 −

(
dACT
κ+1

)2
2dACT

κ η
=

(
dACT
κ

)2
+ (η + Λ)2 −R2

2 (dACT
κ ) (η + Λ)

, (3.14)

and we could solve Λ by using quadratic equation calculation after known the

value of
(
dACT
κ

)
,
(
dACT
κ+1

)
, η, and R, and �nally we could get the remain distance

(dHO
κ ) and the remain time (tHO

κ ) to handover by knowing that:

dHO
κ = Λ, tHO

κ = Λ
speedκ

. (3.15)

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 dHO
κ and

tHO
κ 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

dHO
κ and tHO

κ after the dACT
κ 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 �rst part is that it still has some packets dropped due to shadowing e�ect after
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Figure 15: A Sketch to describe the relation between MN route and zone decision

the MN connects with WiFi AP when it enters the WiFi AP signal range, and the

extremity of �rst part is that we have
(
95.45 + 4.55

2

)
% con�dence to promise that

packets will not be dropped due to shadowing e�ect, and it is also the beginning of

second part. The end of second part is that maximum signal occurred when the MN

is closest to the WiFi AP and then it enters the third part where the trend of received

signal is downward until the trend of received signal is upward again, and it enters

the second part again. The end of third part and the beginning of fourth part is that

when we have
(
95.45 + 4.55

2

)
% con�dence to promise that packets will not be dropped

due to shadowing e�ect again, that is, the MN is going to enter the zone between

dDecay
κ and Rt, 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 de�ne it as: the received power at least
(
4.55
2

)
%

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 de�ne the internal diameter of Shadowing

Zone is dDecay
κ , and the external diameter of Shadowing Zone is

(
Rt × 10

0.1×2σdB
β

)
,

where the de�nition of Rt is already in Equation 3.5. The de�nition of dDecay
κ is that,
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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
(
4.55
2

)
% due to shadowing network.

After we know the de�nition of dDecay
κ , we calculate dDecay

κ 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 + 4.55

2

)
% percentage of received signal could be analyzed by the

MN. We could refer Equation 3.6 and modify to:

set : dDecay
κ = Rt × 10

−0.1×2σdB
β

→ once d× 10
0.1×2σdB

β ≥ Rt, where d = dSTA
κ + dACT

κ

→ The MN is in Shadowing Zone.

(3.16)

So we know that when dACT
κ ≥ Rt×10

−0.1×2σdB
β is true, the packet loss will be occurred

due to shadowing network, and the right side of above inequality is named dDecay
κ ,

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

Actually, the MN still has enough distance to trigger the dHO
κ and tHO

κ calculation

to decide whether beginning to schedule playout frames in fourth zone of this topology

even in high speed (15m/s), after knowing β is between 2.7 and 5, σdB is between

4 and 12 by referring Table 4, Section 3.2, and Chapter 5. By calculation, it could

allow the handover duration at least 800 milliseconds and be able to keep playing

video streaming. Because the zone has such characteristics, we will decide whether

to trigger the mechanism or not prudently after entering this zone.

3.2 Handover Duration Prediction

The function of the handover duration prediction is to precisely estimate the time

duration while the MN doing the handover. 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:

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

MN trigger handover mechanism time.

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

response time to do the re-routing.

• 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 �rst 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 di�erence

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 bu�er size control,

the users using VoIP will be unnoticed. [48] uses di�erent 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 msecs. [49] implements its handover

decision model to embedded system, testing the handover delay between GPRS and

WiFi and get the handover duration is between 5 ms to 60 ms. [50] considers a special

scenario which has relay element between WiFi and WiMAX, and the handover du-

ration is between 5 to 13 seconds when the transmission packet size is 1500 bytes. [51]

proposes a modi�ed SIP (Session Initiation Protocol) procedure to reduce IMS (IP

Multimedia Subsystem) delay under WiFi to UMTS handover scenario, and the tra-

ditional outcome is about 610 msec. [52] presents a cooperative agent based approach

for the VHO by using MATLAB to do the simulation. [53] sets the total handover

time is 10 seconds when doing the simulation to prevent video interruption. [54]

constructs a handover topology including 802.11 and 802.16 networks and uses four

di�erent decision location and using OPNET simulator in di�erent types of tra�c,

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 hando� 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 di�erent 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 tDuration, 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⌈
tDuration

T

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

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

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 server, gets the streaming from it again, and the

number of frames in playout bu�er is above a threshold.

3.3 The Exchange of Media Server and Playout

Decision Modi�cation Information

Although soft handover is already supported in some heterogeneous handover,

which could only cause larger frame delay than normal condition which are sent during

the handover, we still have to consider when BS does not support soft handover case

and no redirecting packet sending functions in MAC Layer. It is the reason that why

we have to construct a retransmission mechanism 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 �nish handover, and it will pause

the frames transmission for a while (i.e., tDuration) then transmission to reduce frame

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 tra�c 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 (tHO
κ ), distance (dHO

κ ) and handover duration (tDuration)

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.



Chapter 4

ADAPTIVE MEDIA PLAYOUT CORE

ALGORITHM

In Section 2.2.1, we knew the de�nition of AMP and the boundary we could

adjust in playout interval. In Section 3.1, we predicted remaining distance (dHO
κ )

and time (tHO
κ ) 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 optimization framework in Chapter 6.1.

There are some bene�ts and characteristics when we use the proposed AMP algo-

rithm and summarized below:

• It uses distance-oriented to do AMP. When the distance between the MN and

DHO is closer, the number of frames it stores is closer to the goal.

• It could prevent some events like the MN getting away from WiFi AP suddenly

or close again to WiFi AP, speed up or speed down.

• It considers the current speed of MN, dHO
κ , and tHO

κ 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 brie�y introduce

local VDoP minimization by using roll-o� concept in some special events which are

mentioned in second segment, and the detail of roll-o� optimization function is in

Chapter 6.1.

Table 7 below is the parameters de�nition which will be used in following sections,

except roll-o� function:

35
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Notation Description

P : Execution strength, divide to Pincr(AMP) and Pdecr(Inv-AMP) (%)

Pincr : Pincr ∈ [Pincr,MIN ,Pincr,MAX ] (%)

Pdecr : Pdecr ∈ [Pdecr,MAX ,Pdecr,MIN ] (%)

tAMP
min : The minimum time for AMP storing enough frames(sec)

dAMP
min : The minimum distance for AMP storing enough frames (m)

tplayoutj : The jth frame playout time (sec)

trecvj : The jth frame completely received time (sec)1

F : Frame remaining to store, divided to FN and FF

Section : An unit for scheduling frames to store

S : The number of frames AMP needs to store (S ∈ N)

J : The Section which the MN is/should be in, J ∈ (S,S − 1, . . . , 2, 1)

tAMP
sec : The time duration in a Section (sec)

dAMP
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 �rst 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 (DHO), 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 di�erence

between the time requirement of AMP to �nish 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 �rst propose our AMP execution prepa-

ration. The range of AMP execution preparation is from collecting information to do

some predictions, to the beginning of AMP procedure. The step of AMP execution

preparation is below:

1. Calculate dHO
κ , tHO

κ , and tDuration from Section 3.2 and Section 3.1.3 and start

to count the dHO
κ and tHO

κ backwards.

2. Get the current speed, speedi∥AP and we assume that the current speed is

similar with the nearest speed sampled from κth I-frame: speedκ∥AP , and we

will replace the symbol of the former to the 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 Pincr to represent AMP execution strength to

slow the playout) in the beginning of execution (namely Pincr,init ).

6. Use roll-o� concept to reduce VDoP when executing AMP at the �rst time.

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

�rst 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 tDuration 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

S =
⌈
tDuration

T

⌉
, after AMP knows the default playout frame interval is T seconds men-

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

which means the boundary to execute in a highest strength:

tAMP
min = S × 1

Pincr,MAX

× T. (4.1)

It means that when tHO
κ ≤ tAMP

min , AMP should begin to be executed, no matter

what speedκ∥AP 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 1
Pincr,MAX

frames, and the

speed of frame storage is decided by the playout rate, which is de�ned the percentage

of maximum AMP execution strength (Pincr,MAX ) to slow the playout speed. So

when AMP knows that it has to store F frames, and it knows every 1
Pincr,MAX

received

frames it could store one additional frame, so it has to receive F × 1
Pincr,MAX

frames

and get the goal. At last, it knows the received frame interval is T, so it knows the

minimum execution time is tAMP
min at least. Additionally, we could rewrite the middle

element of the equation to T
T×Pincr

to �t in general cases:

tAMP = F × T
T× Pincr

× T. (4.2)

AMP also could get dAMP
min after we de�ne tAMP

min , and the function of dAMP
min is below:

dAMP
min = tAMP

min × speedMAX . (4.3)

To increase readability, we replace max
(
speedκ∥AP

)
to speedMAX henceforth,

means the maximum speed of the MN which could achieve 15m/s in the metropolis

scenario. Because AMP does not know the speedκ∥AP of the MN in the future, it still

could promise that no matter what speed of the MN, including speedMAX , it always

could store enough frames beginning from dHO
κ = dAMP

min to the handover execution.

4.1.2 Section Environment Decision: S, dAMP
sec , and tAMP

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
sec =

dAMP
min

S
. (4.4)

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 th 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

Section is small, we could de�ne tAMP
sec as:

tAMP
sec =

dAMP
sec

speedJ∥AP

. (4.5)

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

representation of AMP execution duration from tAMP
sec to tAMP

J .

4.1.3 Pincr,init Decision at the First Time of AMP Execution

Before we start to introduce the �fth place of AMP execution preparation, AMP

has to know the time requirement to achieve the goal and the remaining time in

every Section �rst. Equation 4.2 represents the former and Equation 4.5 represents

the latter statement. AMP has to keep the balance by adjusting Pincrwhen speed

changing. When the MN enters the �rst Section, it has to set the initial Pincr. Because

here AMP just considers only one Section and storing one frame, so it could get:

tAMP = tAMP
J , dAMP

min = dAMP
sec , S = 1, J = 1. So it could get the relation between

Pincr,init and the MN current speed speedJ∥AP .

∵ tAMP = 1
Pincr,init

FT;

tAMP
J = dAMP

sec

speedJ∥AP
=

dAMP
min

speedJ∥AP
=

tAMP
min ×speedMAX

speedJ∥AP
;

and tAMP = tAMP
J

∴ Pincr,init =
speedJ∥AP

tAMP
min ×speedMAX

.

(4.6)

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

After AMP gets the value of Pincr,init, it could continue its work to the last place of

execution preparation. To achieve VDoP minimization, AMP will use roll-o� 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 �rst in Section 4.2,

and then we analyze the events to decide whether they have to consider roll-o� func-

tion or not, when we consider VDoP minimization.

4.2 AMP Adaptation Owing to Some Events

After AMP begins to work, it enters the J th Section and store frames, and there

are some missions which AMP has to deal with to get the goal. When AMP �nds

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 dHO
κ , tHO

κ , and speedκ∥AP to know the current Section

where the MN should be in, and the number of storing frames it should have.

2. Do some appropriate responses to catch the updated schedule after dHO
κ re-

newed; use roll-o� concept if it is essential.

3. Send the feedback information to the media server to know the remaining time

to delay frames transmission.

And we will discuss them in separate sub-sections.

4.2.1 dHO
κ , tHO

κ , and speedκ∥AP Updates

Here we de�ne remaining frame storage (Fj, measured when jth frame playout)

which is impact by Pincr and Pdecr. So the relation between them is: Fj+1 = Fj−Pincr

or Fj+1 = Fj − Pdecr. Fj is composed of integer part and fraction part. The integer

part of Fj is J − 1 (represents FN
j , and it means that FN

j ∈ N), and the fraction

part means the un�nished part of J th Section (represents FF
j ). For example, in a

AMP progress, Fj is 3.5, so we know that FN
j is 3 and FF

j is 0.5, and it is in 4th

Section. Because it has a relation between J and FN
j in given j, so we will use

one of them alternately afterward. We could write the �nished part of J th Section as
[(tplayoutj −trecvj )−(S−J )×T]

T . We could subtract the �nished part from 1 to get the answer.

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
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when it �nds out that the MN is updated to a new Section. AMP could add the

concept of roll-o� if it needs.

For current Section :

FN
j = S −

(⌊
(tplayoutj −trecvj )

T

⌋
+ 1

)
, J = FN

j + 1,

FF
j =

[(tplayoutj −trecvj )−(S−J )×T]
T ;

For updated Section :(
dAMP
sec × J

)
≥ dHO

κ ≥
(
dAMP
sec × (J − 1)

)
, i.e., dHO

κ =
(
F ′N

j + F ′F
j

)
× dAMP

sec .

(4.7)

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

Algorithm 4.1 Section Judgment (SJ)

1: start Section Judgment:
2: while (get (κ+ 1)th complete I-Frame) do:
3: %Check whether got a new I-frame or not
4: update tHO

κ , κ← (κ+ 1)
5: update and decide Fj, F ′

j from Equation 4.7
6: if (

∣∣F ′N
j −FN

j

∣∣ ≤ 1) then: Case 1 %The MN still keeps in the same Section

7: else if (
(
F ′N

j − 1
)
> FN

j ) then: Case 2 %Schedule falls forward

8: else if (
(
FN

j − 1
)
> F ′N

j ) then: Case 3 %Schedule falls behind
9: else
10: end if
11: end while

4.2.2 Trying to Catch the Updated Schedule, Considering to Use Roll-o�
Function

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

case, and each case have their own response steps. The �rst 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 �fth case triggered when the

MN completely �nishes doing the handover.



4.2. AMP ADAPTATION OWING TO SOME EVENTS 42

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 FF
j 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:

tAMP
REQ,j = FF

j ×
T

Pincr

, (4.8)

where tAMP
REQ,j means time requirement to �nish storing a complete frame when

AMP execution strength is Pincr. Contrarily, the actual remaining time to the end of

this Section is:

tAMP
ACT,j = tHO

κ −
dAMP
sec ×FN

j

speedκ∥AP

, (4.9)

and the inequality tAMP
REQ,j ≤ tAMP

ACT,j should always be true anytime in this case.

AMP will check whether tAMP
ACT,j is larger than tAMP

REQ,j or not in current Section. In

fact, tHO
κ is a main element to have a chance to let tAMP

ACT,j is larger than 1 or smaller

than 0, rather than speedκ∥AP . To keep tAMP
REQ,j ≤ tAMP

ACT,j being true but not too much,

the mechanism will increase Pincr when the statement is false, or decrease Pincr when

the gap between them is too large.

We could represent this case by using Algorithm 4.2.

Algorithm 4.2 Case 1: MN keeps in the same Section (SS )

1: δ: a small value to let tAMP
ACT,j not far away from tAMP

REQ,j. ex:
1
2
tAMP
J

2: start Case 1:
3: while ((1 + Pincr)T == 0) do: %Start to playout a new frame
4: update j← (j+ 1)
5: update speedi∥AP , Fj, t

HO
κ

6: calculate
(
tAMP
REQ,j − tAMP

ACT,j

)
from Equation 4.8 and 4.9.

7: if (tAMP
ACT,j − tAMP

REQ,j ≥ δ) then: renew Pincr to �t t
AMP
ACT,j − tAMP

REQ,j ≤ δ

8: else if (tAMP
ACT,j − tAMP

REQ,j ≤ 0) then: renew Pincr to �t t
AMP
ACT,j − tAMP

REQ,j ≥ 0
9: else then: keep Pincr

10: end if
11: start backward counter: (1 + Pincr)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
incr = 0, where J ′ is the Section after evaluated. To prevent high VDoP, AMP

again uses the concept of roll-of function before updating AMP execution strength.

AMP executes roll-o� 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 dHO
κ in the roll-o� duration to check whether the new schedule

catches up again or not. So the previous schedule reduces the storing e�ciency to(
1+F F

j

F ′N
j−(FN

j−1)+F ′F
j

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

remain and next Sections to
(
F ′N

j −
(
FN

j − 1
)
+ F ′F

j

)
× tAMP

sec and get two additional

storage frames, and it will decrease frame storage e�ciency, and then increase frame

storage e�ciency 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

and continuing monitoring the new schedule progress by updating tHO
κ information.

When it �nds out the deviation of progress between the schedules larger than half

of S or dHO
κ > dAMP

min , the MN starts to do Inv-AMP, which goal is to release stored

frames. We set Pdecr to be the symbol of Inv-AMP execution strength, contrasting

with Pincr to be the symbol of AMP execution strength. The MN uses almost the

same way to do Inv-AMP like the initial state of AMP mentioned in Section 4.1 and

doing some modi�cations on Step 5. It begins to do Inv-AMP until it catches the

new schedule. Once dHO
κ is larger than dAMP

min which is the Rth time event happened

sequentially, Inv-AMP will release all the number of storage frames then using roll-o�

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 �nds out the schedule is falling behind, and it means that tAMP
ACT,j

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
∆: roll-o� execution duration
update tHO

κ when κ← κ+ 1
update F j, F

′
j, when j ← j + 1 anytime, after playout and calculating from

Equation 4.7
δ ←

∣∣F ′N
j − FN

j

∣∣ %The deviation between now and update schedule

%the place where jth 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-o�
invoke Checkpoint(2) %Recheck whether catching new scheduler
while (∆ == 0) do:
execute Inv-AMP
invoke Checkpoint(2) %Recheck while executing Inv-AMP
∆← (1 + Pdecr)T
start backward counter: ∆
end while %Repeat Inv-AMP until pass Checkpoint(2)
quit

interval up to (1 + Pincr,MAX)T to prevent the streaming interruption as well as it

could. After AMP knows dHO
κ is in J ′th Section, it wants to catch the new schedule

when it is in the end of (J − 1)′th Section. In other words, it wants to produce(
FN −

(
F ′N − 1

)
+ F F) × T additional delay by spending

(
1 + F ′F) × tAMP

sec time.

So there are

⌊
(1+F ′F)×tAMP

sec

T

⌋
frames received in this duration, and the total gain of

additional delay in this duration is (Pincr × T)×
⌊
(1+F ′F)×tAMP

sec

T

⌋
. AMP could compare

with this outcome to the requirement of additional delay and calculate whether the

inequality is true or not:

(
FN −

(
F ′N − 1

)
+ F F)× T 5 (Pincr × T)×

⌊(
1 + F ′F)× tAMP

sec

T

⌋
. (4.10)

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

Pincr,MAX to be P
′AMP
incr without executing roll-o�. AMP will use P

′AMP
incr until the

schedule catches the new Section and then it uses roll-o� 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 SJ when tHO
κ and dHO

κ 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, speedi∥AP based on Equation 4.6

switch case (i==1)
execute roll-o� [Case I],
Pincr,past ← 0, Pincr,goal ← Pincr, ∆← 2tAMP

J
switch case (i==2)
execute roll-o� [Case II],
Pincr,past ← Pincr, Pincr,goal ← 0, ∆← 2tAMP

J
switch case (i==3)
execute roll-o� [Case III],
Pdecr,goal ← Pdecr,init, Pdecr,past ← 0, ∆← 2tAMP

J
switch case (i==4)
execute roll-o� [Case IV],
Pdecr,goal ← 0, Pdecr,past ← Pdecr, ∆← 2tAMP

J
switch case (i==5)
execute roll-o� [Case V],
∆←

(
F ′N

j −
(
FN

j − 1
)
+ F ′F

j

)
× tAMP

sec

Pincr,past,Pincr,goal ← Pincr, TD ← ∆, RAD ← 2
% First decrease then increase AMP storage e�ciency
%Change the frame storage e�ciency and storing two additional frames

end switch
start backward counter: ∆
invoke TimeUp %If time is up, update some parameters
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Algorithm 4.5 Procedure: Checkpoint(i)

Procedure: Checkpoint(i)
update FN

j , F
′N
j , t

HO
κ

if (dHO
κ ≤ dAMP

min ) then: %Schedule still in AMP execution range
if (δ ≤ 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 Pincr,speedi∥AP and use new Pincr

quit
else then: %Still not catches the new schedule
if (i==1) then:
if (Pincr ̸= 0) then:
invoke Schedule(2) and then Checkpoint(1)

%From AMP to 0 when timeout, and recheck again
else if (δ > 1

2
F) then:

continue %to prepare for doing Inv-AMP
else then: %Check after [Case III] and during Inv-AMP
Execute normal mode
end if

else then:
continue %Continue doing Inv-AMP

else then:
%not in execution range, prepare to release whole stored frames by AMP
if (FN

j ≥ 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

ϑ: the number of sequential out of range alert times, based on user requirement
Procedure: OutOfRange
IAMP [κ]← 1
if ((IAMP [κ]

∩
. . .

∩
IAMP [κ− ϑ]) == 1) then:

if (Pincr ̸= 0 && Pdecr = 0) then:
invoke Schedule(2)
end if
if (Pincr = 0 && Pdecr = 0) then:
invoke Schedule(3)
end if
while (∆ == 0 && FN

j < F ) do:
%Still has some AMP frames to release

%Not execute Checkpoint(2) anymore, only doing frame releasing
Execute Inv-AMP
∆← (1 + Pdecr)T
start backward counter: ∆
end while
invoke Schedule(4)
Execute normal mode %Doesn't have any AMP frames to release
quit

else
wait for dHO

κ update
Checkpoint(2)
end if

Algorithm 4.7 Procedure: TimeUp
Procedure: TimeUp
while (∆ == 0) do:
update j, J , Fj, t

HO
κ , speedi∥AP

end while
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Algorithm 4.8 Case 3: Schedule Falling Behind
∆: roll-o� execution duration
update tHO

κ when κ← κ+ 1 anytime
update F j, F ′

j 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 speedi∥AP based on Equation 4.6
execute roll-o� [Case II],
Pincr,past ← Pincr,M , Pincr,goal ← Pincr, ∆← 2tAMP

J
start backward counter: ∆
invoke TimeUp %If time is up, update some parameters
use new Pincr %Restart new AMP
else
Pincr ← Pincr,MAX

end if

how to transform from one case to another because it is not very hard to image that

how to transform from one case to another from above introduction.

• FF in releasing frame step to FB : Although there is a large gap between them,

it still has higher priority to catch the new scheduler. So AMP will spend 2tAMP
min

to transform from Pdecr to Pincr,MAX .

Case 4: The MN is in handover duration As mentioned before, to prevent

the playout bu�er under�ow event happened due to handover duration prediction

part mistake, AMP will set P ← Pincr,MAX during the handover until the Case 5 is

triggered.

Case 5: The MN completely �nishes 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 bu�er, the MN will use Inv-AMP to release frames

to reduce the duration of frame from transmitted to playout. Unless we consider the

bu�er constraint or the user requirement, Inv-AMP will be free to control the speed

of frame release until the number of remain frames in bu�er is almost the same as

the normal case in a meaningful range.



4.3. THE CONCEPT OF PROPOSED ROLL-OFF FUNCTION DESIGN TO VDOP

OPTIMIZATION 49

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-o� Function

Design to VDoP Optimization

When AMP/Inv-AMP adjusts the playout interval between frames, |tj − T| will
not be 0 anymore, which is a score to justify our proposed AMP is good or not. It

is a trade-o� between postponing frame receiving deadline and ignoring this truth,

and both decisions will be given di�erent DoP values. The proposed roll-o� function

could minimize VDoP after AMP inputs current network conditions and limitations,

like roll-o� execution duration, additional delay between frame received and playout

requirement, current P and requirement P after �nished roll-o�, etc. The detail of

proposed function will be discussed in Chapter 6.1, and here we just list and introduce

the classi�cation of di�erent purposes of roll-o� functions:

• [Case I]: Executed when normal mode transforms to AMP mode (i.e., P =

0%→ Pincr)

• [Case II]: Executed when AMP mode transforms to normal mode (i.e., Pincr →
P = 0%)

• [Case III]: Executed when normal mode transforms to Inv-AMP mode (i.e.,

P = 0%→ Pdecr)

• [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 e�ciency (i.e., Pincr → Pincr)



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 modi�ed video module which has much higher

integrality and logic. In Section 5.2, we will de�ne our scenario parameters and

introduce some AMPs which will be compared with our proposed AMP. We will do

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

5.1 NS-2 Simulation Platform Modi�cation

In order to build a nearly like real network on a personal computer, we use Network

Simulator (NS-2) [58] version 2.33 to be our simulation platform. This version has

not embedded in video module, di�erent types of popular network modules except

WiFi, and heterogeneous handover module yet, so the �rst job is to add the video

module into NS-2. Some additional types of network modules like WiMAX module

are already published and listed in [59]. About 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 �nd some video modules but no one �t our requirement,

so we will create our own video module by getting a concept from Smallko's video

module [60]1.

The module reads a record �le created by a xvid_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 �le (i.e., trace �le) which includes each frame

information of video, it begins to package the speci�c information in order. The unit

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

1Smallko combines Evalvid [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 �t

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 �le. 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

�les. There is a program to compare the di�erence between the sender and receiver

�les which record packets situation and then it produces a distortion video �le 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 modi�ed agents and the jobs they do. The �gure shows

the video streaming built from provider's Application Layer and segregated from

frames to packets in Transport Layer and continuing sent to the lower layers. When

Transport Layer of video streaming receiver gets the video packets, it forwards the

packets to Application Layer. Application Layer has two main jobs when it gets

video packets: one is to put packets into the bu�er and another one is to acquire

some essential information from packets and analyze. The detail of functions are

show in Figure 17. The solid line in the �gure means the execution direction and

the solid-dot line between Playout_req and Packet_bu�er means that Playout_req

copies packets information in the bu�er once they accord with some requirements from

Playout_req. The solid-dot line between Packet_bu�er and Packet_bu�er_update

means the latter will impact states of packets in playout bu�er.

When VideoAMPsink receives video packets forwarded by udpAMPsink, it will

record packets information into a �le ( *.log �le in Packet_rec function), and they

prepare to store to the bu�er and waiting for playout. The bu�er will decide whether it

will store the packets or not based on remaining bu�er size in Packet_bu�er function

and the playout time. There is another �le to record packets dropped or stored

status and reason (*.rec �le in Packet_rec function). We separate dropped packets

in Application Layer from two reasons: bu�er over�ow ( Pi,j + Bnow > Bmax) or

timeout (Ptsi,j < Ptsnow), easily to distinguish the serious level. Here Pts means

the playout time stamp, P means a certain packet size, and B means the playout

bu�er. Packet_bu�er will trigger Playout_bar to playout once the bu�er used is
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Figure 16: Network layers built in 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 T to be default playout interval when the

playout rate is 1/T fps. When Playout_bar play the indicated frame at speci�c playout

time, it will send a request to Playout_req to search a frame which Pts is as the same

as it wants. When Playout_req gets the requirement from Playout_bar, it will count

the sum size of packets which �t Playout_bar requirements. When the sum is same as

frame size at the speci�c playout time required by Playout_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 �le. After

playout procedure executed, Playout_bu�er_update function updates the packets'

situations of the bu�er and the bu�er 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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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 event.

To test our proposed AMP, we let the MN only detect the channel and collect

the received power to get the value of channel environment without executing AMP.

We allow MN to execute AMP when dHO
κ has been already smaller than dAMP

min , so it

should immediately adjust the playout interval when it becomes true.

Without considering all the retransmission 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 proposed 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 Pincr and Pdecr relates to the

remaining frames in playout bu�er. The relation between the number of remaining
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Notation Description

Video sample name : foreman_cif repeat

Video coding format : MPEG-4

Coding/Transmission rate : 1.5 Mbps

GOP (Group of Picture) : 12 (IPPPPPPPPPPP)

Frame rate : 25 frame per second

Max fragment size : 1388 bytes

Bu�er occupation and playout : 30K bytes

Playout bu�er size : 3 MB

Random movement : OFF

Routing Protocol : DSDV

Propagation model : shadowing network

β (path loss exponent) : 2.7

σdB (Shadowing derivation) : 4.5

Transmission Power : 0.6 Watt

Transmission Frequency : 2.412e+9 Hz

RX_Thresh (received threshold) : 2.12277e-10 Watt

Distance sample interval : 0.2 sec

Section decision frequency : 1 sec

MN probable speed : 1 to 15 m/s

tDuration : 0.4 sec

Table 8: Simulation parameters
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frames and P is like:

P = Pincr,MAX × χL−ς
χL

, ς remaining frames, ς ∈ R+, ς = [0, χL)

P = 0% , χL to χH remaining frames

P = Pdecr,MAX × ϱ−χH

χL
, ϱ remaining frames, ϱ ∈ R+, ϱ = (χH , χH + (χL − 1)]

P = Pdecr,MAX , ϱ remaining frames, ϱ ∈ R+, ϱ = (χH + (χL − 1) ,∞)

(5.1)

referred from [1], after we have already known that in normal condition the play-

out bu�er always has χL to χH remaining frames based on long-term monitor. By

de�nition and from some constraints, we know that in our simulation, χL is 3 and χH

is 4 in normal environment, so the conventional AMP will keep the number of frames

in playout bu�er 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 ς not

below than 3, it still has large probability to lower this value when the MN is in

Shadowing Zone and closer to the edge of WiFi signal range.

5.2.2 APTA Scheme

APTA (Arrival Process Tracking Algorithm) is named by [19]. It refers video

frames arrival rate and number of remaining video frames in playout bu�er to

decide P ( [19] supposes that every packet could be treated as a complete, individual

video frame). Like other papers, it separates the bu�er status to be Safety Zone and

Warning Zone. It also uses a quadratic function like 2.5 rather than the linear function

to adjust the playout rates in Warning Zone, and it claims that it could reduce VDoP.

Di�erent from other papers P boundary setting, its range of P is much larger than

others to prevent bu�er over�ow/under�ow. 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 �nds 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 bu�er under�ow 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 de�nition, 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

Pincr,MAX until handover �nished or it �nds out that the equation tHO
κ ≤ tAMP

min 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 tHO
κ be-

cause it relates to dHO
κ and speedκ, 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 dHO
κ ,

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.

5.3 Movement Speed Keeping in Stable

First we use 4 m/s speed of the MN to be an example. We could use the method

mentioned in Section 3.1.2 to get the value of β and σdB like Figure 18 and Figure 19,

which the values of received power is got from the receiver MAC Layer. The former is

to search the β actual value used in this scenario, and we just show the search range

from 2.0 to 2.9 and do the linear regression and get di�erent linear relation between

the time and the distance between the WiFi AP and the MN. From the �gure we

could �nd out that it is enough when we sample for 2 seconds to get β. The latter is

the relation between the sampling time and the di�erence between the calculated and

actual σdB and it shows that we sample for 5 seconds at least and get a closer value.

After we get β and σdB, 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 e�ciency.

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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Figure 18: The linear regression equations got from di�erent β when the sample
duration is 2 seconds
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Figure 21: Number of remaining frames in playout bu�er when a frame playout
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Figure 22: Relation between P/fps and simulation time

than Conventional AMP showed in Figure 22. We could directly observe the last

playout frame before handover and know 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 e�ciency 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 bu�er under�ow. APTA has a more number of frames storing and no bu�er

under�ow event happening because it considers frame arrival rate and bu�er status

at the same time.

The reason why there are some obvious gaps happened in the �gure is that, we set

the GOP is 12. The value of GOP will impact the e�ciency 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 e�ciency of frame storing.

The reason of why the curves overlapping percentage of Without AMP and Con-

ventional AMP is high in the �rst half of time before handover but low in the last

half of time is that, Conventional AMP tries to satisfy Equation 5.1 easily when the

impact degree of shadowing network is light, to let the video packets successfully

received without or seldom using REQ mechanism. And we could also explain that

why in Figure 22 the Conventional AMP's curve is stable in the �rst half of time

before handover. When the shadowing network seriously impacts the e�ciency of

frame storage, Conventional AMP will begin to exert itself, but its target is still to

keep �enough� frames in the playout bu�er, so it is the reason why the curve in Figure

22 is up and down when the MN is close to the edge of the WiFi AP signal range.

From the �gure, we also �nd out that the variation of APTA curve is large, although

it has a better performance of frame storing. We think that the algorithm makes P
easily to change to another value which is quite larger or smaller than previous P 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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Figure 24: The number of packets preparing for assembling to frames
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Figure 25: Percentage of received packets per playout frame

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

bu�er under�ow, 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 60th frame, and continuing receiving following

packets, it will reduce frame produced e�ciency, and the e�ciency 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 e�ciency after 60th

frame, and it is the bu�er under�ow reason, showed in Figure 21 and 25. And in this

duration we could �nd out that P in the three AMP schemes obviously rise to a high
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Figure 26: The playout di�erence of every frame between di�erent schemes and nor-
mal scheme

value showed in Figure 22, but only APTA and Proposed AMP successfully prevent

bu�er under�ow; APTA �nds out that the frame arrival rate is low and adjusts P
earlier than Conventional AMP ; Proposed AMP �nds out the frame storing e�ciency

could not catch the schedule's requirement if it keeps present P, so it adjusts P to get

the goal.

Figure 26 shows how deadline the di�erent AMP schemes postpone to playout.

From the �gure, we can �nd out that at the handover time, the frame deadline of

Proposed AMP postponing achieves about 400 msec, larger than Conventional AMP

and APTA schemes about 50 msec. It is quite 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 �gure, we could �nd 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 di�erent schemes video quality. We have to understand that

we could not �nd 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 �nished. From Figure 21 we know that video interrupted happens
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(b) Average PSNR comparison

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 video frames which are already over playout dead-

line. So the conclusion is that, the video quality should become worse in handover

duration in Without AMP, Conventional AMP, and APTA schemes. But at the same

time, Proposed AMP could keeps the video quality even though it also does not re-

ceive any frames from the server. Here we compare the frames in di�erent schemes

playout in the handover duration. Proposed AMP is compared with 118th and 117th

video frame playout by Without AMP and Conventional AMP schemes, respectively,

which is already known that the frame is playout in the handover duration but re-

ceived after the heterogeneous handover and thus the frame are over the playout

deadline. About Proposed AMP case, it needs to playout 118th frame after handover

and it also successfully receives the frame. We are also known that at the same time

our proposed AMP is playout 106th video frame, but after we use YUVviewer [62] to

get the frame we �nd out that it is not the same picture, so we show the probable

pictures in Figure 28. The �rst two pictures are 117th video frame of Without AMP

and Conventional AMP, and the remaining pictures are Proposed AMP from 106th

to 118th 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 �nd 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 di�erent schemes showed by Figure 29. Here we

rede�ne the de�nition of �rst 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 �nd 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-o� 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, the algorithm still leaves some space

to improve. Even though APTA has a worse performance in DoP and VDoP, APTA

is a good way to detect the channel condition. Contrarily, Proposed AMP uses a

series of mechanisms to create a storing frame schedule to prevent video streaming

interruption from burst packet delay due to heterogeneous handover.

5.4 Accelerating Movement Speed before Han-

dover

In our opinion, we could not guarantee that the MN keep its speed stably, so the

remaining handover time would be change, and it is the purpose of Section de�ni-

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 24.6th 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 dHO

from handover time prediction part and make its own P decision. Because we still

have to consider the disparity between dACT and dSTA, it is hard to avoid the di�er-

ence between the number of frame required storing and actual storing both on the
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Figure 30: Number of remaining frames in playout bu�er when a frame playout before
handover
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Figure 31: Relation between P/fps and simulation time

two schemes, and adjusting the �Section decision frequency� may reduce the distance

measurement impacting on AMP decision.

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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(b) The percentage of required/actual playout
frames

Figure 32: The number of playout frames

which is showed in Figure 31, the e�ciency of frame storing when it is close to the

edge of the WiFi signal range, the degree of shadowing network e�ects becoming

seriously impact the packet received condition. In the beginning of Section 5.3, we

have already knew that the purpose of AMP is to overcome the shadowing network

e�ect to prevent bu�er under�ow in Conventional AMP and APTA schemes, so we

know that it should be execute a suitable AMP at least in this duration to prevent

packet loss and bu�er under�ow events happen, not just concentrating on frame

storing preparing for the handover. Furthermore, the large variation in P reason is

that the higher Section updated frequency than last simulation. It will cause AMP

having a higher frequency to be monitored its schedule and let the variance of P
be higher, but it also makes Proposed AMP do a quickly response to adjust P to

keep updated schedule and current schedule in the same or nearby Section and thus

causing P be trembled. Figure 32, Figure 33, and Figure 34 show the shadowing

network e�ects on packet received and frame playout.

Figure 35 shows the playout delay di�erence between Non-Schedule_speed AMP,

Proposed_speed AMP with normal playout time. It is late for Non-Schedule_speed

AMP when it �nds out that there is not enough time to store frames then starting

to execute AMP before speeding up. From the �gure we also �nd 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 33: The number of packets preparing for assembling to frames
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Figure 34: Percentage of received packets per playout frame

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 23.7th 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. It is not di�cult 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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Figure 35: The playout di�erence of every frame between di�erent schemes and nor-
mal scheme
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Figure 36: PSNR comparison

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 bene�ts of our

proposed AMP, it still has some trade-o� 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 (tφj ), and it will make the live-streaming requirement harder to

accomplish. Here we de�ne that for all tφj , j = 1, . . . could not exceed tφ set by the

user. This scenario is a good example to observe and explain the problem. If tDuration

got from handover duration prediction part to AMP core decision is larger than tφ, it

should have no any approach to prevent video interruption. Some time-sensitive types

of media could set tφ 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 e�ciency.

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

• 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 reason, we could use roll-o� function to reduce

VDoP or even getting a balance in frame storing e�ciency because it has a

trade-o� between of them. In Chapter 6.1, we will use roll-o� approach already

mentioned in Section 2.2.2 to construct an optimization framework. We could

use the optimized outcome to the algorithms in AMP core decision part and

try to minimize the VDoP value.

• The precision of dHO, tHO, and tDuration, and it should have some ways to

improve. Some subjects may useful for the situation like vehicle movement

prediction. And we believe that if we could 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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(a) DoP curve comparison
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Figure 37: DoP and VDoP comparison



Chapter 6

EXTENSION AND CONCLUSION

From the simulation result of Chapter 5, we �nd 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-o� approach to let the curve risen or

dropped slighter, considering the frame storing/releasing e�ciency, and �nally 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-o� Parameter Settings

In this section, we use another viewpoint to get a suitable roll-o� function to

minimize local VDoP in some special cases. First we discuss the pro�le of our proposed

roll-o� function execution to convenient to formulate our objective functions and

constraints about VDoP minimization. To let the roll-o� function more practical,

we consider the situations of current MN and network environment to decide the

function, like the MN current speed, the remaining time changing to another P, the
gap between the last and goal of P, and the current Section. Because the problem

is a non-linear programming, we will run the simulation after we get the objective

functions and constraints and get the relation between the roll-o� execution time

and accumulation additional delay in di�erent kinds of cases. At last we will get the

relation between P and execution time to be our roll-o� function.

Table 9 below de�nes some parameters about roll-o� function, and we will ex-

plain the parameters in detail. We just use Pincr ignoring Pdecr to represent simplify

description if a parameter relates with AMP execution strength.

Di�erent from using conventional roll-o� function and trying to adjust coe�cients

to get the goal, we use top-down method to approach our objective. The meaning is

that we �rst 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-o�

function and get the goal.
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Notation Description

mi : Frame i received time, mi+1 −mi = T, i ∈ [1,P ], m1 = 0 (sec)

ni : Frame i playout time, n1 = 0, ni+1 = ni + T+ fi (sec)

fi : Additional delay, fi = iK + Xi,
∣∣PAMP

past

∣∣T ≤ fi ≤
∣∣PAMP

goal

∣∣T (sec)

ti : Accumulate additional delay,fi = ti+1 − ti,t1 = 0,0 ≤ ti ≤ T (sec)

tROLL
start : The time to start to execute roll-o� function, divided into tROLL,F

start

and tROLL,B
start (sec)

tROLL
stop : The time to �nish to execute roll-o� function, divided into

tROLL,F
stop and tROLL,B

stop (sec)

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

divided into PAMP
incr,past and PAMP

decr,past (%)

PAMP
goal : AMP execution strength in the beginning of next or further

behind Section, divided into PAMP
incr,goal and PAMP

decr,goal (%)

Table 9: Parameter settings for AMP roll-o� function

Here we begin to describe our formulation of objective functions and their con-

straints in di�erent cases. To simplify our objective and constraint, we do the follow-

ing environment settings, and it is easy to extend the supposition to general cases.

Before the execution of the roll-o� function in every time, the scheduler already gave

two Sections (namely, 2×tAMP
J ) to execute the function, and in this duration the MN

will receive T frames by de�ning T = 2 ×
⌊
tAMP
J
T

⌋
. We hope the function will only

playout T frames or already playout (T + 2) frames when the MN receives (T + 1)th

frame and enters a new Section; the former is Pincr case executed in AMP mode, and

the latter is Pdecr 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 de�nition and characteristics of mi, ni, 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 �rst case is the function when Pincr,past is smaller than Pincr,goal:

[Case I]

Minimize V ar (ti) , for i = 1 : 1 : T ,

subject to |(ni+1 − ni)| ≤ |(ni+2 − ni+1)| , for i = 1 : 1 : (T − 2) ,

|(ni+1 − ni)| ≤ (T× |(1 + Pincr,goal)|) , for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| ≥ (T× |(1 + Pincr,past)|) , for i = 1 : 1 : (T − 1) ,

n1 = tHO
κ = tROLL,F

start , nT ; tHO
κ − 2× tAMP

J = tROLL,F
stop ,

|(ti+1 − ti)| ≤ |(ti+2 − ti+1)| , for i = 1 : 1 : (T − 2) ,

|(ti+1 − ti)| ≤ (T× |Pincr,goal|) , for i = 1 : 1 : (T − 1) ,

|(ti+1 − ti)| ≥ (T× |Pincr,past|) , for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| = T+ |(ti+1 − ti)| , for i = 1 : 1 : (T − 1) ,

t1 = 0, tT = T.
(6.1)

means that it will use a higher e�ciency trend to store an additional frame .

And when Pincr,past is larger than Pincr,goal , the objective function and constraints

is like:
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[Case II]

Minimize V ar (ti) , for i = 1 : 1 : T ,

subject to |(ni+1 − ni)| ≥ |(ni+2 − ni+1)| , for i = 1 : 1 : (T − 2) ,

|(ni+1 − ni)| ≥ (T× |(1 + Pincr,goal)|) , for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| ≤ (T× |(1 + Pincr,past)|) , for i = 1 : 1 : (T − 1) ,

n1 = tHO
κ = tROLL,F

start , nT ; tHO
κ − 2× tAMP

J = tROLL,F
stop ,

|(ti+1 − ti)| ≥ |(ti+2 − ti+1)| , for i = 1 : 1 : (T − 2) ,

|(ti+1 − ti)| ≥ (T× |Pincr,goal|) , for i = 1 : 1 : (T − 1) ,

|(ti+1 − ti)| ≤ (T× |Pincr,past|) , for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| = T+ |(ti+1 − ti)| , for i = 1 : 1 : (T − 1) ,

t1 = 0, tT = T.
(6.2)

means that it will use a lower e�ciency trend to store an additional frame.

About the objective function and constraints in PAMP
decr,past and PAMP

decr,goal cases are

below, and we have to restate that the time is count forward when using Pdecr, and

Pdecr has already de�ned a negative value:

[Case III]

Minimize V ar (ti) , for i = 1 : 1 : (T + 2) ,

subject to |(ni+1 − ni)| ≥ |(ni+2 − ni+1)| , for i = 1 : 1 : T ,

|(ni+1 − ni)| ≥
(
T×

∣∣(1 + PAMP
decr,goal

)∣∣) , for i = 1 : 1 : (T + 1) ,

|(ni+1 − ni)| ≤
(
T×

∣∣(1 + PAMP
decr,past

)∣∣) , for i = 1 : 1 : (T + 1) ,

n1 = tHO
κ = tROLL,B

start , nT ; tHO
κ + 2× tAMP

J = tROLL,B
stop ,

|(ti+1 − ti)| ≥ |(ti+2 − ti+1)| , for i = 1 : 1 : T ,

|(ti+1 − ti)| ≥
(
T×

∣∣1 + PAMP
decr,goal

∣∣) , for i = 1 : 1 : (T + 1) ,

|(ti+1 − ti)| ≤
(
T×

∣∣1 + PAMP
decr,past

∣∣) , for i = 1 : 1 : (T + 1) ,

|(ni+1 − ni)| = T− |(ti+1 − ti)| , for i = 1 : 1 : (T + 1) ,

t1 = 0, tT = −T.
(6.3)
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means that it will use a higher e�ciency trend to release stored frames by using

Inv-AMP mode, and

[Case IV]

Minimize V ar (ti) , for i = 1 : 1 : (T + 2) ,

subject to |(ni+1 − ni)| ≤ |(ni+2 − ni+1)| , for i = 1 : 1 : T ,

|(ni+1 − ni)| ≤
(
T×

∣∣(1 + PAMP
decr,goal

)∣∣) , for i = 1 : 1 : (T + 1) ,

|(ni+1 − ni)| ≥
(
T×

∣∣(1− PAMP
decr,past

)∣∣) , for i = 1 : 1 : (T + 1) ,

n1 = tHO
κ = tROLL,B

start , nT ; tHO
κ + 2× tAMP

J = tROLL,B
stop ,

|(ti+1 − ti)| ≤ |(ti+2 − ti+1)| , for i = 1 : 1 : T ,

|(ti+1 − ti)| ≤
(
T×

∣∣1 + PAMP
decr,goal

∣∣) , for i = 1 : 1 : (T + 1) ,

|(ti+1 − ti)| ≥
(
T×

∣∣1 + PAMP
decr,past

∣∣) , for i = 1 : 1 : (T + 1) ,

|(ni+1 − ni)| = T− |(ti+1 − ti)| , for i = 1 : 1 : (T + 1) ,

t1 = 0, tT = −T.
(6.4)

means that it uses a lower e�ciency trend to release stored by using Inv-AMP

mode.

In fact, there are several additional mixed formulations and their constraints based

on above, and one of them is useful in our scenario and already mentioned in Section

4.2. The [Case V] uses in condition that, if Pincr,past is similar to Pincr,goal but we want

to store one or more frames when the roll-o� duration is indicated and still achieving

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 V ar (ti) , for i = 1 : 1 : T , (T %2 = 1)

subject to |(ni+1 − ni)| ≥ |(ni+2 − ni+1)| , for i = 1 : 1 :
(⌈T

2

⌉
− 2

)
,

|(ni+1 − ni)| ≤ |(ni+2 − ni+1)| , for i =
(⌈T

2

⌉)
: 1 : (T − 2) ,

|(ni+1 − ni)| ≤ (T× |(1 + Pincr)|) , for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| ≥ (T× 1) , for i = 1 : 1 : (T − 1) ,

n1 = tHO
κ , nT ; tHO

κ − TD,

|(ti+1 − ti)| ≥ |(ti+2 − ti+1)| , for i = 1 : 1 :
(⌈T

2

⌉
− 2

)
,

|(ti+1 − ti)| ≤ |(ti+2 − ti+1)| , for i =
(⌈T

2

⌉)
: 1 : (T − 2) ,

|(ti+1 − ti)| ≤ (T× |Pincr|) , for i = 1 : 1 : (T − 1) ,

|(ti+1 − ti)| ≥ 0, for i = 1 : 1 : (T − 1) ,

|(ni+1 − ni)| = T+ |(ti+1 − ti)| , for i = 1 : 1 : (T − 1) ,

t1 = 0, tT = RAD.

(6.5)

About the even case of T , it is similar to the odd case above, so we do not

enumerate it again.

About above objective functions and their constraints, the relation between fi and

ti is that, ti is equal to
∑i

η=1 fη got from Equation 2.6 and ni = T×i+ti. Additionally,

the range of former is
[∣∣PAMP

past

∣∣T, ∣∣PAMP
goal

∣∣T], and the range of latter is [0, T]. We

do not consider the original delay between received and playout before the roll-o�

execution, so we set the initial accumulation additional delay t1 is 0 in all cases. We

also know that the purpose of [Case I] and [Case II] are to store an additional frame,

so tT = T, and the purpose of [Case III] and [Case IV] are to release and additional

frame, so tT = −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 �nds out that the gap between Pincr,past and Pincr,goal is quite large

and prepare to use roll-o� to reduce VDoP. The �rst constraint means that the playout

interval becomes equal or longer than last playout interval, to increase frame storing

e�ciency. 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

�fth 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



6.3. CONCLUSION 79

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 , tT , nT , 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 pro�le of roll-o� function:

1. Calculate and check Pincr,goal from Section 4.2 if some event happens. We also

have to choose a right roll-o� case to use.

2. Get roll-o� execution duration, the least number of frames would receive in

roll-o� duration, the least additional delay requirement, Pincr,past , and Pincr,goal

to be the input of the optimization function.

3. Use optimization roll-o� function to get the playout frame schedule.

It is a simple work to get the roll-o� function after we know the relation between

playout time (ni) and accumulation additional delay (ti). We just transform the t-n

plot back to P-n (P to playout time) plot and get the roll-o� function like Figure

38 below, which number of playout frames are 10, number of received frames are 11,

Pincr,goal = PAMP
incr,MAX , Pincr,past = 0%, [Case I], and it could promise of achieving local

VDoP minimization, FN
j+9 = FN

j − 1, etc.:

6.3 Conclusion

Conventionally, AMP is discussed and used in general network cases which have

some scattered packet delay or burst packet received events. To prevent having no

frame to playout and bu�er under�ow problems, or having too many packets cause

bu�er over�ow, they use AMP to change frame deadline. But in our opinion, the

solution way is to take a musket to kill a butter�y, 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 bu�er under�ow. 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 bu�er under�ow, to let users be unnoticed about video

interruption, no matter what some improvements embedded in lower layers than

Application Layer, and the MN route it drives. By experiments, we �nd out that the

proposed AMP has a good plan to store additional frames preparing to handover,

and defensing low storing e�ciency due to shadowing network at the same time. By

comparing with conventional AMP, our proposed AMP has lower percentage of frame

and packet loss due to some reasons, higher PSNR than conventional AMP.

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 bu�er

limitations in media server and in playout bu�er, 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 �rst (like I-frame and �rst 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 theP− t 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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