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ABSTRACT

In the paper, we investigate the impact of handoff on the packet delivery in the Mobile IPv6 networks, where
the smooth handoff is adopted. That is measured by an ‘unstable time pericd (UTP)’, & ‘silence time period
(STPY’, and a ‘handoff time period (HTP)' in the mobile node's perspective. Then, we propose a quening meodel
to get the oXxact value of the handoff transient time. The numerical results show that the queuning delay for the
handoff packets and the involved link (or route} capacitics affect the estimated UTP, STP, and HTP. On the
other hand, the damage of application caused by handoff will increases when the handoff transient tme becomes
longer. We show that the priority scheduling method can achieve shorter STP and UTP than the FIFO
schednling method that is generally used in best-effort IP network.

I . Introduction

Mobile IP has been recommended by the
Internet Engineering Task Force (JETF) as ihe
baseline protocol to support the mability for
Internet services [1]. Inmitial version of the Mobile

IP is known to cause packet losses during the
handoff. It can be patched by the route
optimization extension {2], which includes binding
caching and smooth handoff options [2]. IETF
Mobile IPv6 [3} adopts the route optimization
with smooth handoff as a basic option.
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Unfortunately, the smooth handoff introduces
packet sequence disruption (ie., out-of-order
sequence) between the directly delivered new
packets and re-routed old packets [4,5]. These
out-of-sequence packets bring in several unwanted
effects. For TCP congestion control, they create
duplicated ACK’s and invoke unnecessary packet
re-transmissions. [t is hard to realize real-time
applications on top of the Mobile IP, since the
required  buffering to  compensate transient
behaviors can waste limited latency budget and
thus can degrade the overall quality. Thus, lots of
schemes have been proposed to address this
problem, which range from a simple modification
of TCP to resource-demanding ‘refuge proxy [4]°
scheme. In [6], a buffered packet scheme is
proposed. In the wireless ATM area, several
works have explored the seamless handoff issue
[7], where they mostly focus on the protocol
aspects for the seamless handoff and less attention
is paid on the quantitative analysis of the above
transient behaviors. In this paper, we investigate
the impact of handoff rate, traffic load, and
involved queuing scheme on the packet sequence
in the Mobile IPv6. The impact is measured by
an ‘unstable time period (UTP)’ and a silence
time period (STP)’. The UTP explains the time
duration of out-of-sequence packets while the STP
reflects the blackout duration of a mobile node
(MN) after the MN initiates handoff. The
‘handoff time period (HTP)" is the transient time
duration until the handoff completes, which can
be derived from the analysis result on the UTP
and STP. The numerically calculated analysis
result show that the queuing delay for the handoff
packets (i.e., affected by background traffic) and
the involved link (or route) capacities affect the
estimated UTP, STP, and HTP. Moreover, two
schemes such as priority and FIFO forwarding are
compared to show that the priority method can
remarkably reduce those transient time during the
handoff of mobile terminal.

The remainder of this paper is organized as
follows. In Section 2, we explain how the

out-of-sequence  packets are encountered, and
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Figure 1. Example packet sequence under the smooth
handoff in a Mobile IPv6 network.

define the UTP, STP, and HTP. The queuing
delay involved in the forwarding of handoff
packets is introduced in Section 3. Section 4
provides the numerical result. Final Section5 gives

the discussion.

II. Transient Time Periods

Under the Mobile IPv6, a mobile node (MN)
can move out of the reach in the midst of a data
transfer [3]. Let FRgq, and FRpw be the FR’s
where the MN had stayed at and moves to,
respectively in Fig.l. After the handoff, the MN
will experience the blackout period and there is
no packet exchange. At the same time, a number
of packets would be delivered to the FRoua rather
than the FRy... These packets that lose their route
are called as astray packets. In Mobile IPv6,
FRoqg forwards the astray packets for the smooth
handoff.

When the MN initiates the handoff, it sends a
BIND (binding update message) to its CN via the
FR,ev. The MN also sends another BIND message
to the FR.q to announce a new MN location [3].
Before the CN receives the BIND message, it
continues to rtoute packets to the FRog this
packet stream is denoted as an old stream
throughout the paper. After receiving the BIND
message, the CN re-routes the packets to the
FRnew; we call this packet stream as a new
stream. Also, according to the smooth handoff
procedure, the packets in the old stream is
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Figure 2. Possible packet orderings observed at the MN
during the handoff (for the traffic from the CN to the
MN).

forwarded to the MN by the FRgqe Thus, both
old and new streams can be mixed together at
the FRpew!)

Under a Mobile IPv6 networks with smooth
handoff, the MN must wait for a time period to
receive packets after the handoff initialization. We
define this blackout period as the STP (silence
time period) during which there is no packet
exchange with the CN. Also, if we know when a
new stream arrives to the FRy., earlier than the
last packet of an old stream, we can estimate the
number of out-of-sequence packets. We thus
define this period as the UTP (unstable time
period) during when the packet sequence could be
mis-ordered. Finally, we define HTP (handoff time
period) as the total transient time duration until
the handoff completes.

Depending on the location of FRuy¢ and FRyew,
the timing between the old and new streams can
be classified into three cases?). As shown in Fig.

2, we can associate the transient time periods

1) In Fig. 1, the astray packets (from 1 to &),
which have already been in-flight until the binding
change of CN, are to be forwarded to the FRnew.
These astray packets are causing the
out—-of-sequence packets, since packet 9 reaches
the FRnew earlier than the astray packets.

2) Throughout in this paper we mostly consider
the one-way traffic from the CN to the MN. Note
however that similar analysis can be conducted for

the reverse traffic.

MN FR Tem
g tu = rﬂn L= on
Yaiim T0FR new o8k ol LOFR new

(b)
—v —| - —
] —w_— o~ PR [—— PR, —— MN
B = 1 1 Pey 1
t N 1‘ =3 co r on f w
beacon QFR_new QFR_old QFR_new
(c)

Figure 3. Message flows and associated link delays for
various packet streams (for the case when the MN moves
from a FRas to a FRuew); (a) The first packet of the new
stream (for T ..), (b) the first packet of the old stream
(for T;.w), and (c) the last packet of the old stream (for
i oia)-

(ie.,, STP, UDP, and HTP). The ‘Case 1’
illustrates the situation where the MN moves to a
far-away (in network routing sense) FRye. from
the CN. In contrast, ‘Case 3 represents the
movement of the MN to the FR,. close to the
CN. Note that these two cases are kind of
extreme examples. Usually we expect to see
timing of ‘Case 2, since typical movement of the
MN is localized while the distance between the
MN and the CN is large.

Thus, by setting the time when the MN leaves
the FRyq4 to zero, the STP is

STP = min(Tr o, T pew) (1

where Tj,.. is the time when the first packet of
new stream arrives to the MN and Ty, is the
time when the first packet of the old stream is
delivered to the MN. That is, for ‘Case 1° and
‘Case 2°, the old stream arrives to the MN earlier
than the new stream and Ty, determines the
STP. Also, as shown in Fig. 2, the mix of old
and new streams can happen in two cases (‘Case
2" and ‘Case 3°). It is clear that the
out-of-sequence packets are generated in the new
stream until all packets of the old stream are
transferred to the MN. Thus, in all cases of Fig.
2, the UTP is determined by
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UTP = max(ﬂ, ﬂ_old"'—’:l’_new). (2)

where Tjou is the time when the last packet of
the old stream is delivered to the FRy... Thus,
the whole transient time period after handoff, the
HTP (depicted in Fig. 2}, can be denoted by

HIP=UTP+STP#|T} newT od|- (3

To obtain these timings, in this work, we focus
on the movement between FR’s since it is the
most comprehensive among three cases. We
assume that the BIND message is not delayed in
the nodes but served first. It is also assumed that
there is no packet loss in links while we address
the queuing loss in our analysis.

The link delays between CN - FR.i, CN -
FRyw, and FRgyg - FRyw are denoted by t., fe
and t., respectively. A new handoff commection is
started when the MN moves from the FRou. After
the departure, there is a delay (which contributes
to the part of blackout period) until the moved
MN detects the FR,.. and sends a BIND message
to it. We denote this delay as fmacn Which is
mainly affected by the waiting time due to
periodical router advertisements. The propagation
delay of wireless link, denoted by r., also affects
the above delay. ‘

As shown in Fig. 3(a), Trnw is affected by the
link delay for the BIND message and the queuing
delays for packet itself. It equals to
theacont 2r T QPR newt 2ty  WhEre  torR new 1S the
qgueuing delay of the first packet at FRpew. From
Fig. 3(h), T:ow is represented by Iteacon®2tont
toFR oia*EoFR_new* 20w, Whete forr o is the queuing
delay of the last packet at FRoq®. Similatly 17 o
IS theaconHtent oo TEQFR otdHlon T EOFR_newt2ty 88 shown
in Fig. 3{(c).

From EBq. (1), the STP is the minimum of
Ty new and Trow. Although it may vary depending
on the actual network configuration, we need to

3) However, in the queuing analysis of Section 3,
we approximate igrrad with the average queuing
delay without differentiating the queuing delay of
first and last packets of the old stream.
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focus on the fgre ow and the fugee time for the
STP analysis. Also, if we substitute the above
results into Eq. (2), then we can represent the
UTP by

urp= max( 0, (rm-tm ) FUOFR_old T ton)- (4)

The main causes of out-of-sequence packets are
the link delay difference between FR,y and FR,..
from the CN, the queuing delay at the FR.u, and
the link delay ¢» Note that, the UTP can be
reduced effectively by decreasing forgow Since
(teo-tcs) and iz, depend on the underlying network.
Similarly, we can obtain the HTP from Eq. (3).

H. Analysis and Reduction -
Prioritized Queuing

In this ssction, we perform qieuing aralysis to
estimate the variable ' fgrr o, which is fo for
simplicity, in Eq. (4). The packet delay is mainly
constrained by scheduling method, and FIFO
(First-In-First-Out) scheduling method iz generally
used in the best-effort IP network. Under the
FIFO scheduling method, the packets from the old
stream have the same priority to the background
traffic. If we apply the prioritized queuing for the
astray packets in- a router during the smooth
handoff, we can reduce the transient period
effectively. The prioritized quening for handoff
comnections implies that the astray packets are
served first at the FRyw Thus the astray packets
from handoff connections don’t compete with the
background traffic.

After a MN moves out of FR,y's reach, it
initintes the handoff process. Since the FR,y has
lost the contact with the MN, the FR,yq stores the
astray packets in a temporary buffer until the
BIND message arrives as shown in Fig. 4(a).
With the arrival of the binding update message
for the nth connection in Fig. 4(b), all packets
(the number of packets are m)} residing in the
temporary buffer will move tc the system buffer.
To the system buffer at the FR,y, this movement
can bhe modelted as a bulk arival. After this
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Figure 4. Queuing system model at the FR,: immediately
(a) before and (b) after the arrival of the binding update
for a handoff connection.

point, all subsequent packets of this handoff
connection directly enters the system buffer
without going through the temporary buffer and
the number of on-going handoff connections
becomes n. Note however that n decreases by one
after the last packet of any on-going handoff
connections arrives into the system buffer of the
FRoa.

This situation can be explained by a state
transition diagram for the system buffer, which
leads us to a special case of G/M/1 queuing type
with bulk arrival and others. By calculating the
steady state probability from the state transition
diagram, we can get the average queuing delay

to of packets at the FRqq as follows.

We assume that the arrival rate of a new
handoff connection, the packet arrival rate of all
the i’th handoff connection, and the background
packet arrival rate are the Poissoin Process with

Aw /1“), and Agp, respectively. The packet

service time is exponential distribution with 1/up.
We assume that the traffics from all handoff
connection are heterogeneous for simplicity. Then,

/ifp'“) becomes A p A new handoff connection is

started when a MN leaves a FR,,. Then, the time
duration when the FR.; must save packets in the
temporary buffer, 5 equals tO fpeacontty*lon. The
average number of packets to be buffered is thus
Loy = tws+ Ap. If we denote by g, the

probability that the number of stored packets is
m, gn can be given by g,=p[bulk=m]=

buf
m!

mf

By taking the number of on-going handoff
connections (n) and the packet number at the
system buffer (k) as the state variables (i.e., nk),
we have two-dimensional state transition diagram
as shown in Fig. 5. Here, Ny stands for the
allowed total number of handoff connections and
K is the maximum size of system buffer.

The a, represents the bulk arrival of a handoff

connection with bulk size m, where a, is Ag -

gn. The b’s stand for the arrival rates at which
the bulk arrivals cause the buffer to be full. To
fill the system buffer full from state (n,k), the
bulk size must be bigger than K-k. That is, by

is 2 a,.

i—K—k

The ¢, represents the packet arrival rate into
the system buffer when there exist n handoff
connections. For FIFO method, the handoff traffic
competes with the background traffic and
;however, for the proposed priority scheme, the-
handoff traffic competes with the other handoff
traffic without competing with the background
traffic to be served. Thus, ¢, is given by

i :{ Agp+nXp, forFIFO

nAp, for Priority, )

The d is the service rate for the handoff
connection. Note that, after the FR,y receives the
BIND message, the astray packets from the old
stream are directly entering into the system buffer
instead of the temporary buffer. At this time, we
assume that the handoff connection begins with
the bulk arrival. The handoff connection continues
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Figure 5. State transition diagram for the system buffer at
the FR.

to generate traffic (i.e., astray packets) until the
last packet from the old stream reaches to the
FR,.. Thus, it is clear that holding time of the
handoff connection,  fiows 1S (fentleo-lon).  The
handoff process is just an occupation process in a

M/MJco queueing system with the arrival rate Ay

and the service rate I/tis. Thus, the service rate
of handoff connection d, equals to W/l

The probability distribution of steady state, 7
(n,k), can be obtained by matrix algebra [9], since
the above Markov chain is irreducible and
aperiodic. From Little’s results [9], the average
queuing delay of the packets obtained as

& B
ty, = —————, where the average queue
v Au_,jit rwf(l - PU )
- NH K A
size k= Z Z kr(n, k), the offered load
n=0k=0
'\u K

hoprmd= 3 35 (e <2

n=0k=0 1=10

w(n, k), and the

loss probability,
\’N "H K
3w (n K)o 353
P“ _ 7 =0k =10 : Where
)\ offere d

ak)= 3 (i-(K—k))a

i=K—k+1

IV. Numerical Results

In this section, we evaluate the transient time
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Figure 6. Simulation environment.

periods of MN under the smooth handoff in the
Mobile IPv6 networks. To evaluate the mobile
network environment, we refer to the parameters
of [5] and [8], especially for the link delays.
Basic parameters listed in Table 1 are used unless
specified else and simulation environment is
depicted in Fig 6.

Fig. 7(a), (b), and (c) depict the UTP, the
STP, and the HTP variation according to the

variation of Apgp, Ags and fheacon, Tespectively.

Fig. 7 (a) shows that the UTP increases
exponentially as the background traffic rate
increases. The UTP of priority method merely
keeps a certain delay level that is less than 15ms.
Fig. 7 (b) depicts that the STP increases as the
handoff rate or f. increase. It is also observed
that the STP of the priority scheme is
significantly less than that of the FIFO method.
Fig. 7 (c) represents that the HTP increases
somewhat linearly with respect to the fpeacon, Since
the fpeacon, is much bigger than the queuing delay
and the link delay.

V. Conclusion

We analyzed the impact of handoff on the packet
sequence under the Mobile IPv6 with the route
optimization extension. The impact, measured by
the UTP, STP, and HTP, gives the estimation on
several transient time periods after the handoff
initiation. Through the analysis, it is observed that
the UTP is a function of traffic load, Zon fpeaconss

and Ay The prioritized queuing scheme can

effectively alleviate the delay effect caused by the
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Table 1. System parameters for numerical analysis.

| Parameters | Description Values
K Maximum system buffer size of the F R4 200
Ny Maximum mumber of handoff connections to be hold at the F R, 4 50
e Packet service rae at the Fl g 1000 packets/s
Ap Packet generation rate of connection 50 packets/s
Ag Handoff rate of node 1-20 handoffs/s
theacon Period of broadcasting the beacon message 10-500ms
ton Packet travel time aiong the link between the F' R,.1s and the F R, 1-10ms
ty Packet travel time over the wireless link at the 'Ry, 0.5ms
tea Packet travel time along the Hink between the cormesponding node and the F R 4 50-200ms
ten Packet travel time along the fink between the coresponding node and the F' R, 50-200ms
Agp Packet generation rate of background wraffic at the F' R4 100-900packets/s
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Figure 7. (a)UTP vs. the background traffic, (b)STP vs. the handoff rate, and (c) HTP vs. the fpeaon,.

background traffic load. Currently we are working 2] C. Perkins and D. Johnson, “Route optimization in
to investigate the overall impact of the transient Mobile 1P, Imternet Engineering Task Force,
time on TCP and streaming media. Internet Dwaft, draft-ietf-mobileip-optim-11.txt, Sept.
2001.

References (3] D. Jolmson and C. Perkins, “Mobility Support in
IPv6,” Internet Engineering Task Force, Tnternet

[1] C. Perkins, “IP Mobility Support in IPv4,” Internet Draft, draft-ietf-mobileip- ipv12.txt, Mar. 2002,
Engineering Task Force, RFC 3344, Aug. 2002. [4] D. Guo, A. S. Acampora, and Z. Zhang, “Using
1005

Copyright (C) 2003 NuriMedia Co_y\m@{y.dbpia.co.kr



#5248 =F= ‘03-11 Vol28 No.l1B

refuge proxy to prevent packet loss/out-of-sequence
and path loop in micro-cell wireless networks,” in
Proc. of IEEE GLOBECOM ‘97, pp. 1338-1343,
Nov. 1997.

{5] D. Eom, M. Sugano, M. Murata, and H. Miyahara,
“Pefformance improvement by packet buffering in
Mohile IP based networks,” IEICE Trans. Commun.
vol. E83-B, no. 11, pp. 2501-2512, Nov. 2000.

[6] D. Lee, G. Hwang, and C. Oh, “Pesformance
evaluation of handoff procedure in Mobile TP

networks,” In Proc. of APCC '2001. pp. 513-516,

Nov. 2001.

[7t C. Chiasserini and R. L. Cigno, “Handovers in
wireless ATM networkss Inband sipma  ling
protocols and performance apalysis,”” IEEE Trans.
Commun.. vol. 1, no. 1, pp. 87-100, Jan, 2002,

[8] P. Manzoni and D. Ghosal, "Tmpact of mobility on
TCP/IP: An integrated performance study,” IEEE
J. Select. Areas Commun., vol. 13, no. 5, pp.
858-867, hinc 1995.

[91 G. Bolch, S. Greiner, H. Meer, and K. 5. Trivedi,
Queueing networks and Markov  Chains, John
Wiley & Sons, 1998,

o] £ 2 (Dong-Wook Lee) ek
19974 2% : NdiYw AF
E]3E3} AL

19999 24 : ARyl
Au FAFET AAb

1999 38 ~¥A : ATy
Zled ARZTehat ubaba
2

(e Mobile Network, Network—
adaptive Media Delivery, Performance
Measurement, Multicast, and End-to-end
QoS

1006

4 £ ¥ (Jong-Won Kim) HY
1987 24 AJgeidsw Ao
Aa-gEka) 2a)
1989 249 &R A
Azt AAt
199413 24 A2didw Ay
A&-ggat uhat
20019 99~ AsHet
Zied ARFATI Fas

2000 74~2001d 64 P InterVideo
Inc., Fremont, CA, TALE-

19989 129~2001d 7€ °1F Univ., of
Southern California, Los Angeles, CA,
EE-Systems Department GF=a=

1994+ 3¥~19994 79: FHTa AATHsd

EX 2

(FdABolb Networked Media Systems and
Protocols focusing "Reliable and Flexible
Delivery for Integrated Media over
Wired/Wirelss Networks

(M =g =rc]e] thttp://netmedia. kiist.ac. kr)

Copyright (C) 2003 NuriMedia Co_y\m@{y.dbpia.co.kr



	Mobile IPv6망에서 Smooth 핸드오프 패킷의 과도기간 분석 및 단축
	요약
	ABSTRACT
	I. Introduction
	II. Transient Time Periods
	III. Analysis and Reduction - Prioritized Queuing
	IV. Numerical Results
	V. Conclusion
	References


