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Abstract—In this article, a video multicast protocol for multi-
homed mobile terminals is proposed as an alternative stream con-
trol transmission protocol (SCTP) for partially reliable multicast
services. It works with overlay peer-to-peer video multicast facility
in the application layer. For a multi-homed mobile terminal, an
error burst may occur when a handover is in process in the pri-
mary path switching procedure. The key issue concerned in this
protocol is the ability to predict packet loss and to retransmit the
lost packets as soon as a mobile terminal completes its primary
path switching procedure. This property controls the delay sensi-
tivity of transmissions. Conversely, the protocol can tolerate partial
loss in video transmission as long as the loss is limited to a relatively
short error burst. In addition, it reduces the message overhead sig-
nificantly and provides a scalable communication mechanism for
multicast applications. The performance improvement of the pro-
posed protocol comes from 1) the estimation of temporal velocity of
mobile terminals with lost packet prediction in a long error burst,
and 2) the requirement for each mobile terminal to indicate which
packets can be safely discarded from its agent.

Index Terms—Overlay multicast, partially reliable multicast,
scalable multicast, stream control transmission protocol, video
multicast.

I. INTRODUCTION

M ULTICASTING is the only efficient scalable solution
capable to deliver a single message to multiple recipi-

ents using the same IP address [1]. Multicasting must be real-
ized in different layers of the Internet protocol stacks, including
MAC layer, IP network layer, and application layer. In the MAC
layer (e.g., IEEE 802.11a/b/g/e wireless LAN) [2], [3], a mul-
ticast sender (e.g., the access point of an infrastructure-based
wireless LAN) transmits multicast frames locally using a simple
broadcast mechanism, which transmits the frames at a low fixed
rate without any back-off process. Moreover, it does not require
multicast receivers (e.g., a mobile terminal) to send feedback,
such as ACKs and NAKs, to their senders. This results in unre-
liable multicast frame transmissions.
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The IP network layer supports multicasting via a multicast
routing algorithm (e.g., DVMRP and PIM) and a group mem-
bership protocol (e.g., IGMP). However, IP multicasting [4]–[6]
does not guarantee reliable datagram delivery due to its best-ef-
fort transmission. It also requires all deployed routers to be up-
graded with a multicast capability. Therefore, a more practical
approach is an overlay peer-to-peer multicast facility [7]–[14]
supported by the application layer. Owing to its simple deploy-
ment and centralized management for all multicast states at the
end system, the overlay multicasting has been considered as a
promising approach to provide a reliable multicast capability.
The success of overlay multicasting depends on the transport
layer mechanism, since it uses a reliable unicast mechanism to
provide a reliable multicast service, as well as an unreliable one
when the application does not require a reliable service.

Unfortunately, the conventional overlay multicast architec-
ture does not scale well, since the application of the multicast
sender (MS) has to handle the separate sessions for each con-
nection. Multiple multicast agents (MAs) have been deployed
for scalable services to alleviate this problem [7]. The MAs can
be used to relay the multicast data from an MS to multicast re-
ceivers (MRs). Each MA buffer temporarily maintains all the
packets it has received recently from the MS. The MA buffer
performs local error recovery for all the MRs in its group. Such
a design, defined as the logical tree topology of the application
layer, achieves the scalability by distributing the MS retransmis-
sion workload among multiple MAs.

A variety of networks (e.g., LAN, WLAN, WiMAX, and
3GPP) have currently been deployed. The next-generation
network is converging to a unified all-IP-based network. Many
mobile terminals are configured in multi-homed environments
by simply installing two or more network interfaces to support
different protocols [15]. The data transfer services offered
by traditional transport protocols, such as TCP and UDP, are
inadequate for these environments. Instead, stream control
transmission protocol (SCTP) [16] has been proposed as an
appropriate transport layer protocol supporting overlay multi-
cast, owing to its multi-streaming and multi-homing features.
The multi-homing feature enables an MR to use more than one
IP address to support more than one communication path; that
is, a primary path together with several alternative paths in a
single multicast session. As a result, the multi-homing feature
can maximize the utilization of the multi-homed environment
to increase network availability.

It should be noted that the legacy SCTP is a connection-ori-
ented transport protocol providing reliable end-to-end message
delivery via selective ACK (SACK), flow control, and conges-
tion control. This creates a tradeoff in video multicast service for
MRs. First, the legacy SCTP incurs an unavoidable overhead in
transmitting loss-tolerant, delay-sensitive, and real-time video
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data packets. At the same time, video data are loss-tolerant only
when the data packet losses are independent because of link er-
rors at the physical layer or frame collisions at the MAC layer.
We should also note that the legacy SCTP was designed origi-
nally for wired networks. Therefore, the primary path switching
is not conducted until the current primary path fails. Thus, the
MR will not change its primary path until its new path is acti-
vated and its new IP address is updated for the MS. During this
time period, the MR is in its unreachable status, causing con-
tinuous packet losses. This link failure can easily occur, espe-
cially when an MR performs a vertical handover between het-
erogeneous access networks. Finally, for SCTP, each MR is re-
quired to send a SACK to the MA for each packet it has correctly
received. As a result, the MA’s ability to handle these SACKs
limits the number of MRs participating in a reliable overlay mul-
ticast session. Thus, this compromises the scalability.

In this paper, we propose an improved SCTP considering par-
tial loss-tolerant and delay-sensitive characteristics in video data
transmission. The proposed protocol focuses on the interactions
between an MA and its MRs when the MR is in dual-homing
mode. Under this condition, the MR is in an overlapping area be-
tween different network domains, and multiple communication
paths are available. Due to its optimistic primary path switching
approach, an MR can easily experience continuous packet losses
when the MR performs an SCTP handover. The proposed pro-
tocol requires each MR to adaptively decide if retransmission
is needed when it detects the availability of multiple paths, to
provide a partially reliable transmission. This decision is made
based on the expected velocity and expected moving distance of
the MR in the overlap area.

If continuous packet losses are expected, the MR sends feed-
back to the MA. The contents of the feedback packet contain 1)
the largest packet sequence number it has successfully received,
and 2) how many consecutive packets will be lost. This single
message therefore requests retransmission for these packets.
After receiving this message, the MA immediately retransmits
the packets to the MR, without waiting for other messages for
the same packet from the other MRs. If continuous packet losses
are not expected, the MRs also send cumulative ACKs at fixed
and infrequent intervals. This packet indicates which packets
can be safely discarded from the MA buffer. This cumulative
ACK also differs from the conventional cumulative ACK, since
it tolerates intermittent packet losses, as we consider partially
loss-tolerant characteristics of video data.

The remainder of this paper is outlined as follows. Section II
reviews the existing transport layer protocols to provide overlay
and reliable multicast services. Section III introduces our new
protocol. In Section IV, we evaluate the performance of the pro-
posed protocol, followed by Section V that draws the conclu-
sions of this paper.

II. RELATED WORKS

A. Overlay Multicast

The Class D group address model is currently employed to
support IP multicasting. However, this causes several imple-
mentation issues, including 1) globally unique address alloca-
tion for each multicast group, 2) secure admission control at
the multicast sender, and 3) scalable maintenance of the packet
forwarding table at the multicast routers. These issues make

the ISPs unable to support multicast services. Numerous pro-
posals [17]–[19] providing multicast services based on the uni-
cast mechanism have been introduced to deal with these limita-
tions. Multicast RTP (M-RTP) [17] is one of these solutions. It
sets up a multicast session using a set of unicast RTP sessions. It
employs real-time control protocol (RTCP) to monitor the QoS
of the RTP data packets. It also restricts the replication of data
packets for security purposes. However, it incurs relatively ex-
pensive routing cost and wide bandwidth usage compared to
IP multicasting. In [18], multiple routes were configured from
sender to receivers to improve the throughput of the end-to-end
sessions. However, non-negligible redundant flow exists in the
same link. In [19], the authors proposed a protocol, called “mul-
ticast extension to open the shortest path first” (MOSPF), in
which recursive unicast was used for scalability at the existing
multicast routing protocol to avoid the packet forwarding state
at the router.

B. Reliable Multicast

Many transport layer protocols [20]–[25] were proposed to
provide a reliable multicast service. All protocols provide reli-
able service based on different retransmission control schemes,
different feedback scheduling methods, and different strategies
to determine which network entity should buffer packets for re-
transmission and how long these packets should be retained.
However, all of the protocols aimed to provide bulk data transfer
services, rather than multimedia multicasting services. More-
over, they aimed to provide multicast service for single-homed
receivers.

C. SCTP

The performance of unicast-based, overlay, and reliable mul-
ticast is dependent largely on the transport layer technology as
the basis for data transfer. Many mobile terminals are config-
ured to allow the multi-homed environment. Thus, SCTP has
been considered as a promising approach to support overlay and
reliable multicast in many proposals [26], [27].

SCTP provides connection-oriented reliable transmission
over the IP core network via SACK, flow control, conges-
tion control and avoidance, as well as failure detection and
recovery. It also provides faster transmission than TCP, since
the multi-stream mechanism is designed to overcome the
head-of-the-line blocking problem of TCP. It divides the
overall SCTP message flow into sub-flows. A partial ordering
of the message is performed within each of the sub-flows. This
message-oriented feature prevents the message of one sub-flow
from interfering with another sub-flow that would otherwise
result in transmission delay. A further improved version of
SCTP in terms of congestion control and flow control has been
proposed in [28] and [29], respectively. More importantly, the
multi-homing feature of SCTP increases network availability,
since it enables an MR to switch its primary path to an alter-
native path when it detects a primary path failure. The primary
path switching scheme should be judiciously designed to pro-
vide a seamless handover. Otherwise, it can have a significant
negative impact on the performance of the SCTP session.
This issue has led to numerous proposals [30]–[34] to deter-
mine the appropriate network conditions for the primary path
switching. Comprehensively, all existing switching schemes
depend essentially on the threshold values to recognize the
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Fig. 1. Network configuration in overlay video multicast service.

current network conditions. However, it is practically difficult
and computationally expensive to find such values in a dynamic
network environment.

III. LIGHTWEIGHT SCTP

A. Overlay Multicast Architecture

First, let us consider an overlay multicast tree configuration
in a wireless network which consists of a multicast sender
(MS), a session controller (SC), multicast agents (MAs), access
routers (ARs), and multicast receivers (MRs). The configura-
tion is shown in Fig. 1. The SC is a functional entity having
a dedicated communication channel with an MS for session
control. The MA can be used to relay multicast data from MS to
MRs. AR is used to manage the session in the access network to
support mobility. For data delivery, the MS transmits multicast
data to MRs in cooperation with MAs in the network. The
MS assigns an appropriate MA for an MR and maintains this
information in its data forwarding table. Accordingly, the MR
receives the data packets from the MA. All retransmissions
are performed via MA-to-MR communications. For control
purposes, the MR informs SC of a session to join and leave. To
monitor the session, each MR reports its status (e.g., link layer
handover with an access point or IP layer handover with AR)
to AR or SC. This will eventually be aggregated at the SC. The
logical tree construction and peer-to-peer lookup mechanism
[35] among application network entities can be supported in a
wireless network.

The retransmitted packets, based on SACK at the MR, are
worthless to the MR after their lifetimes have expired. They
can only increase network congestion. Nonetheless, retransmis-
sion is required when an MR incurs continuous packet losses
over a significantly long period of time. Therefore, we need a
different transport layer protocol to provide partially reliable
multicast service for video data. The transport layer protocol
must be designed to tolerate intermittent packet losses only to
fit its loss-tolerant but delay-sensitive characteristics. Instead,

the packets, which are continuously lost, must be retransmitted
to the MR as quickly as possible to maintain the QoS require-
ments. We begin the discussions by considering the following
three facts.

1) Packet losses can happen from time to time, because
each MR adopts an optimistic primary path switching
approach. Therefore, packet losses tend to occur in long
error bursts during the SCTP handover process. Based
upon the time sensitivity of video packets, retransmission
must be done within a very narrow time window. As a
result, retransmission without considering timing simply
results in bandwidth hogging, as the non-timely retrans-
mitted packets are discarded by the MR. An MR should
predict how many packets will be lost before it performs
primary path switching to minimize this negative impact.

2) The most current wireless links are generally reliable, but
link errors remain to be a major problem. Therefore, packet
losses can be independent and are not correlated with pre-
vious transmission failures. This might not be true if the
packet losses are due to buffer overflow in a router. In such
a case, the packet losses occur during short error bursts,
separated by relatively long periods of successful transmis-
sion. However, if the length of an error burst is not signifi-
cantly long, these packets do not need to be retransmitted,
especially when the packets are for video data transmission
and have loss-tolerant characteristics. Even with packet re-
transmission, such retransmitted packets may be worthless,
since the video stream will not backup to accommodate
the retransmitted packets, unless the video stream is being
viewed with a small delay time by the MR.

3) The MA buffer maintains all the packets it has recently
transmitted to perform error recovery for all dependant
MRs. The buffer size of the MA for a specific multicast ses-
sion is limited. Therefore, the MA must periodically dis-
card packets from its buffer. Discarding packets too late
results in an inefficient use of limited buffer space on the
MA. Conversely, discarding packets, which might still be
needed, is unacceptable for a reliable multicast service.
Therefore, the MRs should inform the MA which packets
can be safely discarded from its retransmission buffer.

B. Packet Loss Scenarios

Since the proposed protocol can be applied in a straightfor-
ward manner to the multi-alternative routing paths environment,
we assume that each MR has only one alternative path to sim-
plify our description. The optimistic primary path switching
procedure performs a sequence of actions as follows.

1) The MR detects a link-up of a new path and configures a
new IP address at the network layer.

2) The MR sends an Add-IP message to the SC. This will be
forwarded to the MS.

3) The MR detects link-down condition in its current primary
path.

4) The MR sends a Primary-Switching message to the SC.
The MS assigns a new MA for an MR and updates its data
forwarding table. The new MA also updates its data for-
warding table.

5) The MR sends a Delete-IP message to the SC. The MS
removes the information of MR from its data forwarding
table.
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Fig. 2. Primary path switching scenario with expected elapsed times.

The alternative path is used for an MA-to-MR data packet
after action (4), while the primary path is still used for the
MR-to-MA data packets prior to processing action (5). That is,
for receiving data packets, the MR immediately uses its alter-
native path as a primary path as soon as it explicitly requests a
primary path switch. However, the MR cannot receive a data
packet until 1) it sends the Primary-Switching message, and
2) the MA updates the data forwarding table contained in its
kernel. The MA-to-MR data packets, destined for the MR’s
old IP address, are lost during this period. In contrast, to send
data packets, the MR does not use the alternative path until
it explicitly deletes its current primary path. Even though the
MR sequentially sends the Primary-Switching and Delete-IP
messages using the shortest allowed intervals, the MR-to-MA
control packets are also lost during this period.

Most primary path switching schemes require an MR to per-
form actions (4) and (5) before action (3) if certain network
conditions have been satisfied. However, fast moving MRs still
can experience a link-down event in its primary path, even be-
fore sending a Primary-Switching message to the SC. To resolve
this problem, our protocol requires the MR to predict how many
packets will be received successfully in the overlap area and how
many packets will be lost during the aforementioned critical pe-
riod. This prediction is performed by taking into account the ex-
pected moving speed of the MR when it is in the overlap area.

C. Expected Moving Speed of MR

We can estimate the moving speed of the MRs based on the
elapsed moving time and the moving distance at the current net-
work. Let us define as the time when an MR sends the
ADD-IP message to the session controller (SC) in its current
network . As an MR records the times whenever it moves
to a different network, it keeps a series of such that

, assuming that it visited networks. Therefore, the
elapsed moving time of the MR at the current net-
work can be obtained by

(1)

The estimated speed of the MR at a given network can now
be obtained by dividing the moving distance the MR tra-
versed in the current network by the elapsed moving time

. Due to the difficulty in obtaining the actual moving
distance , we use an expected distance in each
network . This will be described later. Even though expected
moving distance can differ from the real moving dis-
tance , it still works well for the proposed protocol.
Overall performance of the protocol does not depend on exact
measurements, because our interest is in the relative moving
speed among the MRs. The critical estimation is for
to be consistently shorter than , thereby not anticipating
the required switch prior to the switch occurring. The elapsed

Fig. 3. Primary path switching scenario with expected moving distance.

moving time can be changed frequently from net-
work to network. At the same time, fast moving MRs tend to
keep their current movement speeds. Therefore, the proposed
protocol considers a limited number of recent historical speeds,
rather than a full history. As a result, the expected moving speed

of the MR in its next network is obtained by con-
sidering the recent records. This will obey

(2)

where is the weight for network . Depending on the
most recent speed of the MR, the proposed protocol adjusts
the size of and puts more weight (say 0.875) on the most
recent speed of the MR. We also define as a pre-config-
ured threshold time to differentiate MRs in terms
of velocity. This is used to determine the relative speed of the
MRs and as a fast speed coefficient . Each MR can
now be classified into three different categories, including 1)
fast moving MRs with large values such that

, 2) slow moving MRs with small values such that
, and 3) slow moving MRs having a ping-

pong movement pattern with extra-small values such that
. Based upon these observations, each MR deter-

mines when the packet retransmission should be requested.

D. Prediction of the Number of Packet Losses

Even though the video data are loss-tolerant, the long error
burst is unacceptable, because it compromises the QoS of a mul-
ticast session. As we mentioned earlier, this can occur at an MR
when it performs the handover involved with the primary path
switching. The proposed protocol requires each MR to predict
the number of packets that would be lost during the execution
of the primary path switching procedure to cope with the long
error burst. Once this is known, it requests for retransmission of
those packets before it experiences a long error burst. We first
consider a fast moving MR, which has a large expected moving
speed value such that . Figs. 2 and 3 show
the primary path switching scenarios between networks and

, considering the time and distance domains, respectively.
Here, we define the expected elapsed time as the

gap between “the time that an MR sends Add-IP message to
the session controller (SC) at a new network (the time

”, and “the time that the MR detects link-down for
its current primary path (the time )” for network .
Thus, we have

(3)

We also define the expected elapsed time as the gap
between “the time that an MR detects the link-down of its cur-
rent primary path at a new network (the time )”,
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and “the time that the primary path switching procedure is com-
pleted (the time )” for network , or

(4)

As the times and are unknown at time
, we use the expected link-down time and

expected primary path switching completion time .
This can be expressed as

(5)

and

(6)

In the new network , the number of expected lost data
packets at the MR in the primary path switching pro-
cedure now can be expressed as

(7)

where is the current data reception rate (in bits per second) of
the MR, and is the data packet size of the multicast session.

Conversely, the MR successfully receives data
packets during time such that

(8)

where is the probability that an MR does not successfully re-
ceive the multicast data packets due to frame collision, wireless
link error, or a router buffer overflow.

E. Cumulative ACK With Prediction

In our protocol, each multicast agent (MA) is required to
maintain in its buffer all those packets it has recently received
from a multicast sender (MS). They perform local error recovery
for all their MRs. As the MAs have limited buffer sizes, we
need a mechanism that allows the MAs to periodically discard
packets from their buffers in a safe manner.

The SCTP provides such a mechanism employing SACKs for
every successfully received packet. The SACK packet format in-
cludes the cumulative ACK field, namely cumulative transmis-
sion sequence number (TSN) ACK field. The value of the TSN
ACK field is the highest consecutive TSN that an MR has seen.
This lets the MA discard all packets from its buffer that have
been cumulatively acknowledged by all of its MRs.

Unfortunately, this conventional cumulative ACK does not
provide a fast mechanism to safely discard packets from the
MA’s buffer, because 1) the MR has to send SACK packets with
start and end values for the range of TSNs that have been re-
ceived relative to the cumulative TSN ACK value, whenever it
receives an out-of-order data packet. However, all of them have
the same cumulative TSN ACK value; 2) This SACK means

that the MR has correctly received packets up to the one in-
cluded in the cumulative TSN ACK field. That is, this does not
allow the MR to send the SACK, if there is a lost packet in the
range . For video multicast
services, this should be allowed since we consider loss-tolerant
characteristics of video data, as long as the packet losses are in-
termittent events.

We define a new type of feedback, namely cumulative ACK
with prediction of the number of lost packets , to
mitigate this problem. It is noted that is different
from the conventional cumulative ACK, because 1) it contains a
maximum transmission sequence number (max_TSN) that each
MR has received, and 2) it also contains the range of TSNs that
need to be retransmitted from the MA.

Both calculations are done at Add-IP message sending time
in the given network to satisfy the timing

constraints of the retransmission. Consequently, the MR
transmits to its MA with the information at time

shown in the equation at the bottom of the page.
The values of second and third parameters can be given by

(9)

(10)

Conversely, all MRs periodically send cumulative ACK
without predicting the number of lost packets to
their MAs. This ACK includes only the filed. The
period is dependent upon . This is the maximum
number of packets the MA of the MR is willing to maintain
in its buffer. Once we define as the multicast session du-
ration and as packet receiving rate (in packets per second),
MR sends a similar packet after each packet

such that

(11)

Assume that the MA handles MRs in a multicast session
and there is no pending packet for retransmission. The MA now
can discard up to packet , or

(12)
This lets MAs discard from their buffers all the packets that

have been acknowledged by all MRs. The and
guarantee that the MA will always have in its

buffer all the packets that can be requested by any of its MRs for
the same multicast session, since it denotes the MRs receiving
at least up to packet without continuous lost packets. Of
course, MRs that leave the multicast session without notice can
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disrupt the multicast session for all MRs. With our protocol,
the MA will use a timeout mechanism to detect such situation.

For the slow moving MRs, which have small expected
moving speed values such that ,
it is relatively difficult to predict the number of successfully
received packet accurately, since the MRs tend
to stay for a longer time than the fast moving MRs in the
overlap area between two networks. Therefore, we require
those MRs to perform the prediction at time , such that

, but .
Accordingly, the content of the packet for slow

moving MRs will obey the rule shown in the equation at the
bottom of the page. The can be given
by

(13)

Let be the transmission sequence number
that an MA first transmits to MR after completing the pri-
mary path switching procedure at time . The MA
has to control its retransmission before transmitting the packet

to minimize duplicate data packet receptions
at the MR . This consideration has been included in the MA
algorithm.

Finally, we do not perform the prediction for the MRs
having extremely low expected moving speeds , such
that . These MRs are likely to display irregular
movement patterns. For these MRs, some mobility prediction
support will be needed with the assistance from the network
layer protocols. However, this prediction algorithm is beyond
the scope of this paper. We have however developed such
an algorithm. The details of MR and MA algorithms for an
arbitrary network are described in Algorithms 1 and 2,
respectively.

Algorithm 1: MR Algorithm: Retransmission Request for MR
with prediction at network

Join multicast session

begin

Calculate

Send at every packets interval

switch do

case

Find

Send to its MA at time

Break

end

case

Find

Send to its MA at time

Break

end

case

No predicted retransmission request

Break

end

end

end

Leave multicast session

Algorithm 2: MA Algorithm: Retransmission Request From
MRs With Prediction

Join multicast session

Set

begin

switch event do

case Data packet from MS arrives

Store packet in buffer

Break

end

case from an MR arrives

Set

Remove up to packet from its buffer

if then

No retransmission

end
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Fig. 4. Network model.

else

Immediately retransmit packets in range

to MR

end

Break

end

case from an MR arrives

Set

Remove up to packet from its buffer

Break

end

end

end

Leave multicast session

IV. PERFORMANCE EVALUATION

Let us consider a network topology as shown in Fig. 4 to il-
lustrate the performance improvement of the proposed protocol.
Assume that MR has two different NICs, which use IEEE
802.11b as their wireless links, while the current for MR

has one NIC, which uses Ethernet as a wired link. Let us also
assume that these two hosts are interconnected through a 100
Mbps IP core network, each having an average of ten network
hops.

We have developed an RTT generator to observe the vari-
ations of round trip times between the two hosts under this

topology. With this generator, the effective bandwidth for the
two paths has a range between 0.5 Mbps to 1.5 Mbps. The propa-
gation delays for the multicast receiver (MR) at a given time also
have been proportionally changed based upon the MR’s phys-
ical distances to its access routers (ARs). Based on the statistical
random multiplexing of the packet switched routers, the queuing
delay has been generated as a Poisson random process. It has an
average 50 ms over time. Finally, we do not consider the pro-
cessing delay, because this is relatively small and it is constant
compared to other delays. Based on the generated round trip
times, we can also generate the packet loss probability of each
MR by employing the well-known equation of TCP throughput
[36], where MSS is the maximum segment packet size,
is the round trip time from MR to its MA, and is the packet
loss probability of the MR. Thus we have

(14)

Considering fast moving MRs, we assume that the MRs main-
tain their current speed in their dual-homing status. Their move-
ment directions are also assumed steady, except for the MRs that
may exhibit a ping-pong movement pattern. Slow moving MRs
are defined to have a speed of less than 10 km/h. As we set the
speed coefficient to four, the MRs that are faster than 40 km/h
are considered to be fast moving MRs. We summarize the ex-
perimental parameters as follows. We set the minimum speed
coefficient to four, historical speed threshold to 10 km/h,
critical period to 3 s, data packet size to 1 Kb, packet sending
rate to 140 kbps, retransmission timer value of MA to
150 ms, expected movement distance to 1000 meters,
expected movement distance in an area to 400 me-
ters, and wireless link speed to , respectively.

Due to the difficulty in obtaining the actual moving distance,
we use an expected moving distance of MRs that considers the
geographical network formation as shown in Fig. 5. For a given
network , these calculations can be performed by the cor-
responding AR. This has parameter values such as , ,

, , , , and . This information will be
given to the MR through a router advertisement message. We
consider two different expected distances, including 1) expected
movement distance in the current network , and 2)

in the overlap area between networks and .
As we consider only a non-winding path for non-slow moving
MRs, the theoretical movement distance for MR at the net-
work can be bounded by

(15)

where is equal to the equation at the bottom of the page.
That is, the minimum movement distance can be obtained when
an MR enters the network at the coordinate A or A’, and
leaves at the left most point of the area of network . On the
other hand, the maximum movement distance can be obtained
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Fig. 5. Model for calculating expected movement distance of an arbitrary MR.

Fig. 6. RTTs variations of MR at 40 km/h and 80 km/h.

when the entering point is the coordinate A or A’, and the leaving
point is the coordinate B or B’.

Under the same assumption, the theoretical movement dis-
tance and for MR can be also bounded by
(16) and (17), respectively:

(16)

(17)

That is, the minimum movement distance in the overlap area
between networks and can be obtained when the MR
enters the overlap area at the coordinate A or A’ and leaves the
area at the same coordinate. On the other hand, the maximum
movement distance for the same area is obtained when the MR
enters the area at the coordinate A and leaves at A’ or vice versa.
The movement distance in the overlap area between networks

and can be calculated in a similar way as shown in
(17).

In contrast, the expected movement distance in an ar-
bitrary network can be calculated based upon the four inter-
section points , , , and among the networks , ,
and . When all ARs are evenly deployed, that is,

, , and ,
the four coordinates can be simplified into

(18)

Therefore, the expected movement distance in an ar-
bitrary network can be represented by the average of the
longest movement distance and the shortest movement distance,
or

(19)

In the same environment, the expected movement distance
in the overlap area between networks and

will obey (20) representing the average length of the chord be-
tween B and B’, or

(20)

Based upon these calculations, the expected distances are
available to the MRs. They will allow each MR to calculate its
expected speed in a given network. Given the network
topology in Fig. 5, we consider that an MR is currently located
in network and performs handover to network . Also,
the MR performs the primary path switching procedure when
it is in the overlap area between the networks and .
Fig. 6 shows how RTTs of MRs change when the MRs move
toward the network . We consider two MRs moving at
speeds of 40 km/h and 80 km/h, respectively. At first, we can
observe that the 40 km/h speed MR and 80 km/h speed MR
spend about 36 s and 18 s in the overlap area, respectively.
Note that the RTTs of both MRs are temporary unavailable.
As we set the new NIC activation delay to two seconds, and
the new primary path update delay plus one-way transit time
to send a Primary-Switch message to one second, the MR has
an unreachable status for 3 s in both cases. We define this as
critical period . After completing the primary path switching
procedure, the MR starts with a better RTT, because it uses a
new primary path that will have a shorter RTT as it approaches
to the AR of the new network.

Analyzing the performance of our protocol, we are cognizant
of the fact that a packet transmitted from the MA is lost due to
the optimistic primary path switching when an MR performs a
handover process. Notification of the packet status between the
corresponding entities is not instantaneous. The retransmission
delay is important in evaluating the performance of our protocol.
We evaluated the retransmission delay of our protocol and com-
pared it with the SCTP protocol. For a fair comparison, we only
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considered the retransmission delay for the lost packets that are
included in the long error burst during the critical period.

Based on the numerical results shown in Fig. 6, the tem-
poral average round trip time, , between the
MR and its , is less than 100 ms as the MRs are re-
lieved from the critical period. Therefore, the temporal average
one-way transit time, , between the same en-
tities is less than 50 ms. In addition, the average inter-packet
arrival time at the MR is about 7 ms.

The SCTP protocol operates as follows. transmits a
data packet to its MR and waits for the packet’s SACK message
until its retransmission timer expires. Once the timer

expires, it retransmits the packet. The retransmission
delay for the first lost packet in an error burst, , at )
thus conforms to the following equation:

(21)

Consider the case of the SCTP protocol. The total retransmis-
sion delay for all lost packets in all error bursts is . At

, it can be represented by the duration of the critical pe-
riod , data reception rate , data packet size , multicast
session duration , and the elapsed time to travel across one
network domain. This results in the following equation:

(22)

Conversely, our protocol enables an MA to immediately
retransmit the requested packet with a message
without waiting for the retransmission timer to expire. There-
fore, the total retransmission delay for all lost packets of MR ,

, conforms to (23) at the bottom of the page.
In both (22) and (23), the first term represents the frequency

of the primary path switching of the MR, while the second
term represents the expected delay caused by one primary path
switching procedure. Fig. 7 shows the total retransmission delay
for an MR for both protocols. As shown, the delay at the MRs
is reduced by about 35 s for one gigabyte of video data. In ad-
dition, our predicted retransmission request is more important
for the fast moving MRs, as the difference linearly increases as
a function of speed.

Fig. 7. Minimum difference of total retransmission delay for an MR versus
different moving speeds.

This is the minimum difference between the two protocols
in terms of retransmission delay, because the difference is eval-
uated only when the MR performs the primary path switching
procedure. When we consider the entire multicast session with

packets transmission, for the MR having 1) packet loss prob-
ability caused by link error, 2) packet loss probability

due to the buffer overflow of a router, and 3) the average
length of error burst , the SCTP protocol introduces ad-
ditional retransmission delay. This can be calculated by (24)
at the bottom of the page, where the first term represents the
retransmission delay for continuous packet losses, while the
second term represents the same for the independent packet
losses. When we set the packet loss probability to 0.01
( , ) and to ten, the MR with
SCTP has about 7 min and 16 s retransmission delay. This is
unnecessary if we consider the timing constraint of the video
data. In addition, the MR will experience additional delay
because the MA is required to re-start its congestion control in
the slow start phase whenever its retransmission timer expires.

Another advantage of the proposed protocol is that the MRs
are not required to transmit unnecessary feedback messages to
their MA. This will allow an MA to handle far fewer feed-
back messages sent by its MRs. We compare our protocol to
the legacy SCTP, which requires all MRs to transmit SACKs
for each successfully received packet.

With our protocol, the loss probability of MR must be con-
sidered separately. The first is the loss probability due to link

(23)

(24)
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errors or the buffer overflow of the router. The other is the loss
probability due to the optimistic primary path switching method
of the MR.

In the case of link errors or router buffer overflow, which
results in independent packet losses or relatively shorter error
bursts, the number of messages is not counted in
our protocol. In the case of primary path switching, which re-
sults in continuous packet losses, a single mes-
sage will request multiple packet retransmissions. Therefore,
the number of messages sent by MR can be rep-
resented by multicast session duration and elapsed time to
travel across one network domain. This results in the following
equation:

(25)

In addition, our protocol requires each MR to send the
message with a interval and an

additional message for the last received packet.
When the session involves transmission of packets, the
number of messages sent by each MR is given by

(26)

As a result, the total number of feedback messages,
, that MR transmits to its MAs is given

by

(27)

In contrast, the total number of SACK messages sent by each
MR with an SCTP, where all MRs acknowledge all packets re-
ceived, is given by

(28)

When all MAs of MR have the same initial buffer size during
the session, that is, is replaced with a constant

, the minimum difference between the
numbers of feedback messages for the two protocols conforms
to the inequality given in the following:

(29)

Fig. 8 shows the results when we consider an MR moving
at 80 km/h. We set the number of transmitted packets to
1 000 000. This roughly represents a transfer of one gigabyte
with a packet size of one kilobyte. As we can see from Fig. 8, the
minimum difference in the number of feedback messages from
an MA between our protocol and SCTP is more than 990 000,
as long as is set to be larger than 100.

We show that the reduced number of feedback messages sent
by each MR directly affects the scalability of the MAs. We posit
that the MA can handle up to MRs in a multicast session.
For MA , let be the average arrival rate of MRs and be
the average departure rate of MRs. It is noted that and

, if . Under this condition, the probability

Fig. 8. Minimum ������ for an MR moving at 80 km/h.

that there is exactly MRs under MA in a specific multicast
session is given by

(30)

Since , we have .
Inserting the values given in (30), we obtain

Now, if , we have or .
If , we obtain or

Therefore, we have

(31)

While the average number of MRs, , in a multicast
session obeys (32), the should be calculated based on
different mobility conditions, or

(32)

If , we get

(33)
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Fig. 9. Distribution of E(MR) with ��� variations.

If , we get

(34)

Now, let us consider , which can be
rewritten into

(35)

and

(36)

Then, we have

(37)

Now, becomes

(38)

Therefore, if , we can obtain

(39)

In contrast, if the average arrival rate is greater than the ca-
pacity of the MA, then can be represented by

(40)

The effective arrival rate is defined as . It is equal
to , provided and . The numerical results for

with different rates of and are shown in Fig. 9.
When the MA is involved in network domains,

the number of messages which the MA receives
from its MRs can be calculated by multiplying

and the number of messages sent by
each MR. Therefore, the number of messages,

, is given by

(41)
On the other hand, the number of messages,

, which the MA receives from its
MRs is given by

(42)

where is the probability of handover for MRs
over the network in which the MA is involved. As-
sume that we have a uniform probability distribution. Then,

is equal to . Finally, the total
number of feedback messages, , that the MA
receives from its MRs can be expressed as

(43)

Conversely, the total number of SACKs messages sent by
MRs for the same MA with an SCTP is given by

(44)
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Fig. 10. Minimum ������ for different numbers of �����.

resulting in the minimum difference for both pro-
tocols as follows:

(45)
Fig. 10 shows the numerical results for the minimum differ-

ence in the number of feedback messages sent by the MRs for
our protocol and SCTP when is set to 150. As the number
of MRs under the MA approaches to the maximum capacity

, the difference is more than 140 million messages. This dif-
ference becomes more prominent as the number of MAs in-
creases. This result indicates that our protocol provides an ef-
ficient buffer management for the MA, by reducing the number
of feedback messages sent by the MRs. This feature provides
scalability, since each MA can handle more MRs.

V. CONCLUSION

The characteristics of video transmissions include the tol-
erance of short duration packet losses but the intolerance to
long duration packet losses. These facts imply that all current
protocols are unsuitable. Thus, we proposed a new protocol to
support mobile devices. We performed performance analysis
and provided numerical results to substantiate the claims of
this proposed protocol. We showed that the proposed new
peer-to-peer protocol for multi-homed mobile devices is re-
sistant to the transmission failures resulted from primary path
switching procedures. We characterized mobile devices as fast,
medium and slow movers through wireless network topologies.
Lost packets are reduced by anticipating the network path
switch, namely to calculate the quantity of packets that will
be lost at anticipated network locations. This enables the MRs
to receive these packets immediately after the network path
switch without delay. At the same time, we improved the packet
discarding process at the MA based on a new ACK packet via
CACK, which contains the maximum sequential number the
MR has received. When the MA receives each of these new
ACKs, it discards these identified packets from its buffer.
This reduces the packet overhead dramatically and allows a
particular MA to control a larger number of MRs. Within this

framework, we have improved the QoS by better managing
packet loss and delivery.
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