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Abstract —In recent years, massively multiplayer online games (MMOGSs) have
become more and more popular. Many techniques are proposed to enhance the
experience of MMOGs, such as realistic 3D graphics, vivid animations, and player
communication tools, etc. However, in most MMOGs, communication between
players is still based on text, which is unnatural and inconvenient. In this these, we
propose the concept of AOI voice chatting for MMOGs, which is voice chatting of
dynamic membership based on the Area of Interest (AOI) of players in the MMOG.
The term AOQI is defined to be the area around a player that s/he can sense and interact.
By AOI voice chatting, an MMOG player can easily chat by voice with other players
within her/his AOL. This improves the way players communicate with one another
and provides a more realistic virtual environment. We propose two peer-to-peer
schemes, namely QuadCast and SectorCast, to achieve efficient AOI voice chatting
for MMOGs. We also perform simulation experiments for the two solutions to show

their performances.
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1 INTRODUCTION

1 Introduction

In recent years, massively multiplayer online games (MMOGs) have become more and
more popular. For example, World of Warcraft [5], one of the most popular MMOGs,
reached a record of 8.5 million subscribed players worldwide. And according to a report
by ScreenDigist [4], the MMOG market broke $1 billion mark in the west in 2006. An
MMOG is a computer game which can support hundreds or thousands of players playing
simultaneously in a virtual world over internet. A player in the MMOG is represented
by a personalized 3D character called an avatar. By controlling the avatar, a player
can navigate the virtual world, fight monsters for rewards, interacts with other players,
and so on.

Many techniques are proposed to enhance the experience of MMOGs, such as real-
istic 3D graphics, vivid animations, and player communication tools, etc. However, in
most MMOGs, communication between players is still based on text, which is unnatu-
ral and inconvenient. Players type and read the text in the chat box instead of speaking
and listening. Furthermore, because the mouse and the keyboard are the major input
devices of most MMOGs, one may not control the avatar and communicate with other
players at the same time. When a player wants to chat with others by typing text,
he loses the control of his avatar for a while. It is inconvenient for players to use,
especially for those not good at typing. As a result, players begin to seek for voice
chatting solutions, such as Teamspeak[2], Ventrilo[3], and Skype[l], etc.

Teamspeak and Ventrilo are two popular VoIP applications supporting group voice
chatting. They are client-server based and thus need dedicated servers, which can be
publicly charged or voluntarily supported. When a user of a group talks, s/he transmits
voice packets to the server. This server then mixes voice streams of all group users and
send back to each of them. The client only delivers player’s voice packet and receive
the mixed voice packet from the server, but the server needs to receive voice packets
from all clients and deliver mixed packets to them during a pre-specified short period of

time. Therefore, the number of players supported by a server depends on the server’s



1 INTRODUCTION

network bandwidth and computation power. Skype is a popular peer-to-peer based
VoIP application. It not only supports telephony over internet, but also the group
voice chatting. Skype needs no dedicate server for mixing voice packets because of its
peer-to-peer architecture. However, since Skype only support group voice chatting for
at most five users, it is not suitable for MMOGs, which usually have more than five
players in a group. Teamspeak, Ventrilo, and Skype are not widely used in MMOGs
because they have static group membership (i.e., the membership of a group is fixed or
seldom changed). A user has to intentionally join a certain group to talk to someone
in the group. For example, when a user sees a crowd of players and wants to figure
out what they are talking about, s/he has to join their group intentionally to talk to
them; s/he can not just move toward them to overhear or join the conversation. This
reduces the interactivity of players in an MMOG.

In this thesis, we propose the concept of AOI voice chatting for MMOGs, which is
dynamic-membership voice chatting based on the Area of Interest (AOI) of players in
the MMOG. The term AOI is defined to be the area around a player that s/he can sense
and interact [11]. By AOI voice chatting, an MMOG player can easily chat by voice
with other players within her/his AOI. This improves the way players communicate
with one another and provides a more realistic virtual environment. We also propose
two peer-to-peer schemes, namely QuadCast and SectorCast, to achieve efficient AOI
voice chatting for MMOGs. The two schemes adopt the peer-to-peer architecture to
eliminate the requirement of servers and to utilize the bandwidth of all participating
players.

The rest of this thesis is organized as follows: Chapter 2 introduces some background
knowledge of peer-to-peer networks and voice chatting. Also, we describe a human
conversational speech model in this chapter. In Chapter 3, we first give a scenario
about how AOI voice chatting works in the MMOG. Then, we describe how we model
the system as well as the design goal and major challenges. In Chapter 4, we propose
the two solutions to support AOI-voice chatting for MMOGs. We perform simulation

experiments for the two solutions: The simulation results and the comparisons are
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given in Chapter 5. Finally, concluding remarks are drawn in Chapter 6.



2 RELATED WORK

2 Related work

2.1 Architecture of MMOG

Most MMOGs nowadays are based on the client-server architecture. In such an ar-
chitecture, the virtual world of MMOG is maintained on a centralized server or server
cluster, where players log in and start playing the game. By a centralized server or
server cluster, the consistency of game states can be easily maintained and cheating be-
tween players can also be avoided. However, because the server is in charge of all event
processing and message transmission, it becomes a performance bottleneck when the
number of players are increasing, this constrains the scalability of the MMOG system.

To achieve better scalability, researchers propose peer-to-peer architectures, such as
VONI]7], Solipsis[9], Apolo[8], etc., for the MMOG. In the peer-to-peer architectures,
every peer runs the same program in a distributed manner without a centralized server.
As we mentioned before, in the MMOG, a player senses and interacts only with other
players in his/her AOI. Therefore, a peer only exchanges and processes messages with
limited peers within the AOIL. In this way, the peer-to-peer MMOG architecture can
potentially provide better scalability than the client-server architecture. However, be-
cause there is no centralized server, many problems become more complex to solve.
For example, in the client-server architecture, the neighbor discover is not a problem
because the server has all position information of players. But in peer-to-peer architec-
ture, players have to discover their new neighbors by themselves through a predefined

protocol.

2.2 Immersive audio system

In [12], the author proposed immersive audio communication system for MMOGs.
The system allows an avatar to hear voices of all avatars in his AOI by creating a
personalized audio scene for every avatar. This personalized audio scene mixes and

attenuates all voice from other avatars according to the propagation distance. The
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author also examined advantages and trade-offs of the peer-to-peer, the centralized
server and the distributed server architectures.

In the peer-to-peer architecture, a peer connects directly to other peers in its AOI.
Due to the direct connection between peers, the system provides low latency and has
no single point failure. However, if a peer has many neighbors in its AOI, it cannot
afford the bandwidth consumption. In the centralized server architecture, the central
server gathers voice streams from all clients and mixes them with the consideration
of propagation attenuation. After that, the server sends the mixed audio scene back
to all clients. In this architecture, the central server becomes the bottleneck of the
system and the single point of failure. In the distributed server architecture, the whole
virtual world is partitioned into multiple regions, called locales, and audio streams in
one or more locales can be processed by different locale servers located in different
country. A peer can transmit the audio streams to one of the locale servers with the
shortest latency. The audio scene is produced by the server and transmitted by the
nearby locale servers. This paper focused on the distributed server architecture, and
proposed a locale server relocation algorithm to minimize the transmitting latency
between players.

The paper [10] proposed a peer-to-peer based immersive audio streaming system
for MMOGs. This paper proposed to use the Voronoi diagram to find out the direct
neighbors for a peer, and also proposed a model for mixing audio streams of direct
neighbors under the consideration of peers’ positions and directions. Each peer in the
system gathers the voice streams of direct neighbors in each time step, mixes them
according to the audio mixing model and sends back the mixed stream to its direct
neighbors. The audio streams in this system is directional and different direct neighbors
will receives different mixed audio streams. The system is scalable because only direct
neighbors’ voice streams are mixed. However, the system has the echo problem that a

peer or player may hear its own voice just sent earlier.
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2.3 Human conversational speech model

The article [13] described some characteristics and statistics of human conversational
speech. The human conversation is modelled as many on-off audio signals classified
into four types: single talk, double talk, pause and mutual silence (refer to Figure 1)
In a two-member conversation (A and B are speakers), single talk means either A or
B is talking; double talk means both A and B are talking; mutual silence means both

A and B are silent. And when A stop talking, he is in the pause state.

Talkspurt | 3 Talkspurt
Pause
R : ot
3 ' Single 3 Mutual 1 Single 3
! Double Talk ' Talk | Silence ' Talk |
B | : | l | t

i Talkspurt ! !

Figure 1: The model of human conversational speech

Table 1: Temporal parameters in conversational speech

Parameter | Duration (s) | Rate (%)
Talk-spurt 1.004 38.53
Pause 1.587 61.47
Double talk 0.228 6.59
Mutual silence 0.508 22.48

In [13], a statistic of temporal parameters of conversational speech is also shown
(refer to Table 1). This table shows that in a conversation a person only spends 40%
of time in speaking and keeps silent during the rest of the time. Also, we can see that
in a conversation, once a person is talking, the talking rate of other people is reduced
to only 6%. In other words, only few people are talking while others are listening in a

conversation.
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3 The System Model and Problems

3.1 System model

The virtual world of an MMOG is modelled as a two-dimensional plane, and the players
are modelled as nodes moving and talking on it. The terms node, peer, player and
avatar are used interchangeably in the following context. Each node has a unique id
(ID), a coordinate (X,Y), an AOI, and some other behavior parameters. The AOI
of each node defines the area that this node can sense or interact, and the nodes in
the AOI is defined as AOI neighbors. For example, in Figure 2, the big circle around
node A is A’s AOI, and nodes B,..,I are node A’s AOI neighbors. We assume that each
node’s AOI is a circle centered at the node with a fixed radius and all nodes have the

same AOI radius.

A’s AOI radius

E C
K G D

Figure 2: System model

Under the above-mentioned system model, the AOI voice chatting can be regarded
as voice packet multicast within the AOI. When a node talks, the voice packets are
multicasted to his AOI neighbors. In this way, a node’s AOI neighbors can hear its
voice, and vice versa. As illustrated in Figure 2, when node A talks, all its AOI-

neighbors should receive the voice packet, but non-AOI-neighbors should not. In order
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to correctly multicast the voice packets to AOI neighbors, we need a recipient list
containing these AOI neighbors. In this thesis, we assume the MMOG system can
takes a node’s id as the parameter, and returns a recipient list containing this node’s
AOI neighbors. Each entry of the list contains an AOI neighbor’s id, network address,
coordinate, and some other properties. The assumption is practical. For example, the

VON system can support such a recipient list.

3.2 The problems of a base solution

We begin with a base solution - NimbusCast. When a node talks, it first requests a
recipient list from the MMOG system. After that, the node delivers the voice packets
one by one to all nodes in the recipient list. For example, in figure 3, when node A
talks, it first requests a recipient list from the MMOG system, and then delivers the
voice packets to all nodes in the list. Node J and K are not in the recipient list because

they are outside of A’s AOI, and thus they do not receive any voice packets from A.

B
o \/
o

K G D

Figure 3: AOI broadcast

In this solution, once the MMOG system returns the correct recipient list, the
accuracy transmission requirement can be easily confirmed because of the simplicity of

the delivery algorithm. However, the bandwidth consumption of a voice source node

10
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is proportional to the number of players in its AOI. If the required bandwidth exceeds
a node’s upload bandwidth limitation, the voice packets might be delayed or even

dropped. Also, we observed a problem in this model:

e [dle upload bandwidth

When a node talks, it must deliver voice packets to all AOI neighbors. This
introduces a phenomenon of burst upload bandwidth usage. As shown in Figure
4, when a NODE talks, the upload bandwidth usage increases dramatically while
the network traffic is low when it is silent. When the upload bandwidth usage
exceeds a node’s bandwidth limitation illustrated as the red line in the figure,
those voice packets might be delayed or dropped, which reduces the quality of
the voice chatting. For example, if it costs 16kbps to support a one-to-one voice
chat, and the upload bandwidth limitation is 256kbps. Once the number of AOI

neighbors is more than 16, the bandwidth usage will exceeds the limitation.

Bandwidth
limitation

Silent . Talking ~ Silent Talking

Time

Upload bandwidth consumption

Figure 4: Burst network bandwidth usage in AOI broadcast

Furthermore, as we mentioned in Chapter 2, in a conversation, a node only spends
40% of the time talking, and is silent in the rest 60% of the time. If the idle upload
bandwidth of those silent nodes can be used to help forwarding other nodes’ voice

packets, the instant upload bandwidth usage will decreases, which prevents the

11
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upload bandwidth overloading. As a result, we adopted the packet forwarding in

our solutions.

12



4 PROPOSED SOLUTIONS

4 Proposed solutions

In this chapter, we proposed two AOI multicast algorithms to support the AOI voice
chatting. The major problem of the design is the limited network bandwidth. When
a node talks, it must deliver the voice packets to all its AOI neighbors. When the
bandwidth is not enough for voice packet transmission, some voice packets might be
delayed or even dropped, which greatly reduces the quality of voice chatting. Under the

constraint of limited bandwidth, we have the design goal for the proposed algorithms.
e Accurate transmission

The proposed AOI multicast algorithms must guarantee the correctness of voice
package delivery. First, only AOI neighbors receive the voice packets. To transmit
voice packets to nodes outside the AOI is not necessary and causes bandwidth
waste. Second, the proposed algorithms have to prevent a node from receiving

the same voice packets more than once, which can reduce bandwidth waste.

100

. N

60

i
éé42222222%22422244522222%3%
0 100 200 300 400 500 G114 FO1
Mouth-to-ear-delay/ms -

Figure 5: Determination of the effects of end-to-end delay by E-model

e Reasonable delay

ITU-T recommendation G.114[15] provides a guideline about the one way end-

to-end (or mouth-to-ear) delay. In Figure 5, it is shown that most users satisfied

13



4 PROPOSED SOLUTIONS

with the end-to-end delay between 150ms to 250ms while a delay above 400ms is
not acceptable for most users. According to the recommendation, the end-to-end

delay of the proposed solutions should be less than 400ms.

4.1 Quadrant-based forwarding (QuadCast)

In this section, we propose a AOI multicast solution by packets forwarding. The
main concept of this solution is the network traffic delegating. In stead of directly
transmit all voice packets, a player only transmits voice packets to forwarding assistants
(FAs). These forwarding assistants then forward the voice packets to the remaining
recipients by the information attached in the voice packets. In this way, because all
players contribute their network resource to help forwarding the voice packets, the burst
network traffic of the speaking players decrease, and the overall quality of conversation
is improved.

As for the design goal of transmission correctness, we must guarantee correctness
of voice packet transmission. In this thesis, we use a forwarding list attached in the
forwarding voice packet to indicate the recipients of this voice contents. The format of
the forwarding voice packet is shown in Figure 6. The forwarding voice packet contains
a packet header, the voice contents, and a recipient list. This recipient list contains
the recipients of the voice contents, and the FA is in charge of forwarding the voice

contents to the remaining recipients.

RTP | UDP IP

i tent| Recipient list
header | header | header Voice conten p

Figure 6: Format of a forwarding voice packet

When a player talks, s/he first acquires a recipient list from the MMOG system,

then divides the players in recipient list by their coordinate into four quadrants, and

14
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creates four sublists containing the players in each quadrant. In the next step, in each
quadrant, a nearest player! is chosen as the FA. After the FA selection, the player
creates four forwarding packets with the corresponding recipient lists and deliver them
to four FAs. In this thesis, we choose the nearest player as the candidate FA to
maximize the probability of packet aggregation, the detail of which will be discussed
in Section 4.3.

When an FA receives a forwarding voice packet, the same algorithm is applied to
forward the voice contents with different parameters of voice contents source and the
recipient list. The voice packets are recursively forwarded until the forwarding list is
empty. For example, in Figure 7, when player A talks, he first acquires a recipient
list from the MMOG system, and classified the list to four sublists according to the
coordinates of the players in the list. Then he delivers four forwarding packets to player
D, E, C, and I as his FAs in first, second, third, and fourth quadrant. After receiving
the forwarding packets, these FAs apply the same algorithm to forward voice packets

to remaining players in the forwarding list.

B J
F

./ I /.

N
z .\o

Figure 7: Quadrant-based voice package forwarding

Inot always exist if there is no player in that quadrant

15
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4.2 Sector-based forwarding (SectorCast)

In MMOG, players are usually grouped in some hot-spots like cities, or town squares.
By quadrant-based forwarding model, when a player moves toward a player cluster,
the number of players in a certain quadrant may be much greater than those in others.
For example, in Figure 8(a), there are much more players in the first quadrant of player
A’s AOIL. The message forwarding in this quadrant thus has more hops which causes
longer processing time and transmission latency. If we can distribute equal number of
players in each sectors in the AOI as shown in Figure 8(b), the latency between players

will be close and the quality of service will be better.
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(a) Unbalanced player grouping. (b) Balanced player grouping.

Figure 8: Player clustering in MMOG.

In this section, we proposed a sector-based voice forwarding scheme called Sec-
torCast. SectorCast and QuadCast are similar. QuadCast divides the AOI into four
quadrants with equal size, while SectorCast divides the AOI into four sectors contain-
ing equal number of players. The recipients division are different for the two schemes,
and the rest are the same. For example, in figure 9, the AOI is divided to four sectors
containing equal number of players, and the same procedure as QuadCast is applied
to forward the voice packets. Because we divide the recipients equally to four sectors,
the average transmission hops between them are balanced as well as the overall la-

tency. However, the computation complexity of SectorCast is higher than QuadCast.

16
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QuadCast only need to classify the players in the recipient list into four quadrants, but
SectorCast need to sort them according to the polar angles of the lines from them to

the source node to divide equally into four sectors.

Figure 9: Sector-based voice packet forwarding.

4.3 Packet aggregation

In QuadCast and SectorCast schemes, an FA might forward different packets to a same
recipient. These packets are sent separately. However, if we can apply aggregation
techniques, such as header sharing or audio mixing, to these packets, the packet traffic
can be decreased dramatically. For example, assume peer A is the FA of peer C and
peer D; it is in charge of forwarding their voice packets to one of the recipients, peer
B. At the same time, peer A also delivers its voice packet to peer B. As we illustrate in
figure 10(a), without aggregation, three voice packets containing common headers and
different voice contents are delivered to peer B. However, in figure 10(b), three packets
are merged to be one packet by sharing the same header. As a result, network traffic
of two packet headers is saved.

Since a FA peer forwards voice packets to many recipients on behalf of many source

17
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C C
Cj
D w
— O
D D 5
Q
B
- i-[-
(a) Forwarding without aggrega- (b) Forwarding with aggregation

tion

Figure 10: A scenario of packet aggregation.

peers, it must have a way to aggregate voice packets properly. Below, we model the
aggregation of packets as the 2-power number addition. A voice packet is assigned an
id of a 2-power number. And the id of the aggregated voice packet is defined to be
the addition of the ids of packets from different sources. In this manner, a voice id
corresponds to a unique combination of packets from specific sources. For example,
in Figure 11, there are three peers (peer A, C, and D) talking simultaneously in this
local area. The voice contents of these three peers are represented by the voice id 1, 2,
and 4, respectively. Peer B will receive voice packets from peer A, C, and D, and thus
the voice id of the aggregated voice packet is 7, addition of 1, 2, and 4. While peer D
receives the voice packets from peer A and C, so he receives an aggregated voice packet
with voice id 6, addition of 2 and 4. We calculate the id of the aggregated voice packet
for each recipient. All recipients are then grouped according to the calculated ids.
Finally, each group of aggregated voice packet is recursively delivered by QuadCast or
SectorCast to corresponding recipients.

Also, the probability of aggregation or the aggregation rate depends on the number
of common recipients. In the color mixing example, the closer the centers of different
colors, the larger overlay area among them. And the larger overlay area implies more

common recipients. This is why we choose the nearest peer as the FA in Section 4.1.

18
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MixId=2

Figure 11: The concept of voice mixing by color mixing

4.4 Alternatives of the recipient list

In QuadCast and SectorCast, we adopt the concept of recipient list to guarantee the
correctness of voice packet transmission. However, delivering the recipient list con-
sumes large bandwidth. We would like to trade computation resource with network
bandwidth. When a voice packet is forwarded, instead of appending a whole recipient
list, we only append the position of the current FA for the next FA to calculate the
recipients. Once there is no recipients, the algorithm stops.

In QuadCast, when a node talks, it appends its position to the voice packet and
deliver this voice packet to the FAs. Because all nodes in the system has the same AOI
radius, the FA can figure out the forwarding area of this voice packet by itself. Once
the forwarding area is recognized, the FA can select the recipients from its neighbor
list. In the same way, the FA also has to append its position to the forwarding voice
packet in order to allow the next FA to recognize the forwarding area. In SectorCast,
besides the position, the source and the FA need to further append the begin and end
angle of the sector to the voice packets for next-hop FA to calculate the recipients.
By the position and the two angles of the source and previous FAs, the current FA

can easily recognize the correct forwarding area and thus choose the recipients from its
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neighbors.
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5 Evaluation

In this chapter, we compare our proposed AOI voice chatting schemes. In our sim-
ulation, we place from 200 to 1000 nodes in a 1000x1000 area to simulate different
node density scenarios. The radius of AOI of all nodes is set to 100. The simulation
processes for 1000 discrete time-steps, and the interval of each step is 100ms. In the
initial step, the simulated nodes are created and each node is assigned a random initial
position. A talkative-threshold value is also assigned to indicate a node’s probability of
speaking. In each step, every node moves toward a random direction by a distance of
10, and rolls a random number between 1 to 10. If a node rolls a number greater than
his talkative-threshold, this node talks in this step. For example, if a node is assigned
a talkative-threshold value of 4, and the rolled number is 5, he talks in this step. As
we mentioned before in Chapter 2, in a conversation, a person only spends 40% of the
time speaking, so the talkative-threshold value of each node is assigned as 6.

At the same time, when a node talks, a voice packet that contains a packet header
as well as the voice content is created and put in a buffer. As for the packet size, we use
G.729 [14] as our voice codec, and use Real-time Tranport Protocol (RTP) to transmit
the voice packets. Under this assumption, the header size of a voice packet is 40 bytes
(20(1P)+8(UDP) + 12(RTP)), and the voice content is 100 bytes. The created voice
packet is first put into a buffer, and wait for transmission. At the end of each step,
all voice packets in the buffer will be processed by different algorithms according to
different AOI voice chatting solutions, and be forwarded to their recipients. After that,
the buffer is flushed and the next step begins. We then show the simulation results

and analysis them in the following sections.

2A node talks when the rolled number is 7, 8, 9, and 10, which is the propagability of 40%.
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5.1 Total upload bandwidth required to support AOI voice

chatting

Figure 12 shows the total upload bandwidth consumption of three AOI voice chatting
schemes: NimbusCast, QuadCast, and SectorCast. In Figure 12 and the following
diagrams, the ”-HA” stands for the header aggregation and the ”-M” stands for the
mixing. Without aggregation, the bandwidth consumption of three schemes are the
same. The packet forwarding in QuadCast and SectorCast only mitigate the burst
bandwidth consumption, and does not reduce the overall bandwidth consumption. This
figure also has another meaning, which is the feasibility of three AOI voice chatting
schemes. When the number of nodes is 1000, the average upload bandwidth of each
node is about 18bytes/sec. This number is higher than recent wide area network
solutions, but we believe that this can be provided pervasively in the near future.

By applying packet aggregation, the bandwidth consumption of QuadCast and Sec-
torCast is reduced, and the reduction is proportional to the number of nodes. When the
number of nodes in the system increases, the probability of aggregation also increases,

which implies better aggregation performance.

Total Byte Sent without Bandwidth Limitation

—o— NimbusCast

—=— QuadCast

—a— QuadCast-HA

N
b

© 10000 |
2 —— QuadCast-M
8000
6000 - —%— SectorCast
4000
2000 | —e— SectorCast-HA
0
200 400 600 800 1000  —+— SectorCast-M

number of nodes

Figure 12: Total upload bandwidth required to support AOI voice chatting.
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5.2 Simulation under bandwidth limitation

In the previous simulation, the system has a unlimited upload bandwidth, which means
a node can deliver all voice packets in a single step. However, this is not realistic in
wide area network (WAN) nowadays. We then simulated our proposed solutions on
the network with limited bandwidth, and compare the bandwidth efficiency among all
schemes. Due to the bandwidth limitation, when delivering a voice packet, a node first
checks if the upload bandwidth consumption in this step will exceed the limitation
after delivering this packet. If there is still enough bandwidth for packet transmission,
the packet is delivered normally. However, if the upload bandwidth consumption will
exceed the limitation, the packet will be dropped without delivering.

The total byte sent under bandwidth limitation is shown in Figure 13. We can see
that forwarding based solutions, such as QuadCast and SectorCast, can deliver more
voice packets under bandwidth limitation, while the amount of packets delivered in
NimbusCast begins to reduce when number of nodes of the system reaches 800. As
we discussed in Section 3.2, NimbusCast has the burst bandwidth usage problem, and
the forwarding solves the problem by using nearby nodes’ network resource to mitigate
burst bandwidth usage of the speaking node. In other words, under the same network,
forwarding based solutions (QuadCast and SectorCast) can deliver more voice packets
than NimbusCast because of the mutual sharing of network resource.

Figure 14 shows the packet dropping rate of all schemes. We can observe that in
this figure, the dropping rate of NimbusCast is above 20% when number of nodes in the
system reaches 1000, while the dropping rate of other solutions are all below 5%. In [6],
the author summarized that the dropping rate of voice packets lower than 5% in the
internet voice chatting is acceptable, and our forwarding based solutions (QuadCast

and SectorCast) do fulfill this requirement.
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Figure 13: Total byte sent under bandwidth limitation.

5.3 Average end-to-end latency

We also simulated the average end-to-end latency. As we mentioned in Chapter 3,

the end-to-end latency in a conversation should not exceed 400ms, and a delay below

250ms is considered as good voice quality. Before displaying our simulation results,

we first describe our assumption of ene-to-end latency. We use the same assumption

of end-to-end latency as in [16], the transmitting latency between hops is assumed as

70ms, and the processing time is 30ms. This means when a voice packet is forwarded

through one more hop, the end-to-end latency is increased by 100ms.

In Figure 15, NimbusCast has the shortest end-to-end latency because a node de-

livers all voice packets directly, so all voice packets are only delivered though one hop.

QuadCast has about 250ms end-to-end latency when the number of nodes is 1000. Sec-

torCast has better latency performance than QuadCast because it divide the nearby

nodes by equal amount, which yields smaller latency.
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Dropping rate with Bandwidth Limitation
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Figure 14: Drooping rate under bandwidth limitation.
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Figure 15: Average end-to-end latency.
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6 Conclusion

In this thesis, we first describe the concept of AOI voice chatting and propose two
solutions to achieve AOI voice chatting. By AOI voice chatting, a player in MMOG
can talk with other players within his/her AOL. We first introduce NimbusCast as a
basic solution, by which each node delivers all voice packets to all nodes within its
AOI. This solution has the shortest end-to-end latency because all voice packets are
only delivered through one hop. However, when the number of nodes in AOI increase,
the burst bandwidth usage problem shows up, which introduces high packet dropping
rate.

We then propose QuadCast. In QuadCast, a speaking node only sends four voice
packets at a time, and chooses four forwarding assistants (FAs) to help forward voice
packets to remaining recipients within AOI. The packet forwarding solves the burst
bandwidth usage problem by the concept of bandwidth sharing. However, the packet
forwarding also increases the end-to-end latency due to the additional transmission
latency and the processing latency. We also observe that players will cluster together
in some regions in MMOG. When QuadCast is adopted, nodes in a certain quadrant
might suffer longer end-to-end latency because the number of nodes in that quadrant
is much more than those in other quadrants. We proposed SectorCast to solve the
problem. In SectorCast, the number of nodes in each sector is the same, which yields
shorter average end-to-end latency than QuadCast. The simulation results of average
end-to-end latency show that both QuadCast and SectorCast do fulfill the requirement

that the end-to-end latency should not exceed 400ms.
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