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Abstract— Multimedia applications can perform a [erer ]
hanc_loff to switch from an old, low performance con- ol R e .
nection to a new one. During such a handoff, the player connest Connection A (old) 1

should be fed with a constant data stream. This pa-
per investigates two important factors that influence the
application-perceived quality: the correct setup of the
new connection, i.e. the first packet to be sent, and Synehronize
how long the old connection is allowed to send after the s
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start send
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handoff initiation. Four methods for the first problem X Cmméﬂmm )
are developed and evaluated with an MPEG applica- | M ComesinBlen S
tion. Fig. 1. Sequence diagram of the handoff, which can be
divided into 5 phases: (i) connection A, (ii) connection
|. INTRODUCTION setup, (iii) synchronize, (iv) connection tear down and

(v) connection B only.
The delivery of video over the Internet in good qual-

ity is challenging because the bandwidth offered . : o
. nown techniques from mobile communication: when
the network cannot always satisfy the demands of the

applications. One way to address the lack of ban8_user moves from one cell to another, the connection

width is to use adaptive filters. An intelligent frame!"'St P& handed off from the old to a new base station.

A handoff may as well be used for applications that

dropping filter tries to optimize the video quality b . )
Pping b g y ytransmltthelrdataover networks, e.g., the Internet. If

selectively dropping the least important packets in L . :
y pping P P an application learns about a different connection that
case of congestion.

Another approach that is orthogonal to adaptivity i%ffers better bandwidth (e.g., a multicast client finds

. . a better connection to another filter), it may switch to
to perform a handoff. A handoffis the switch from on is new filter ) y
connection to an alternate connection. In contrast to '

e . A . A handoff should be invisible to a client in two
adaptivity, which attempts the optimization of a single _ . . .
ways: the client must not know from which connec-

nnection, a handoff tak [ternat nnections int . .
ggcoﬁﬁto  a handoff takes alternate connections ngn the data is received, and the data should be re-

ceived at a steady rate even during the handoff.
During a handoff, no frames should be lost, ande y J

. Figure 1 shows a sequence diagram of a client-
the data stream to the video player should be keptgg. - yoff. which can be divided into 5 phases. In
smooth as possible. These two goals can be accoﬁﬂ'ase 1, the client receives data over the old connec-

plished by (i) starting the new connection at the cormegh A, During this transmission, a handoff request is

pos_ition, (i) cor_rectly synchronize t_he two St..r.eamﬁiggered. Upon this trigger, a new connection B is
while they are simultaneously sending, ano! (i .d'se'stablished (phase 2) and the new connection starts

detail. In Section Il . ) how diff , requiring a synchronization of the
more detall. In Section i, we investigate how diftery,, sireams before the player. In phase 4, the old con-

ent parameters influence the frame receiving. Basﬁgction is disconnected. Finally, in phase 5, data is
on this investigation, we create a model that allows %’Pﬂy sent over the new connection B

application to set up the new connection, and evaluatery,q 1ot important issue during all phases is to de-
this model with an MPEG appllcatlon._ After _a brleIiver a constant data stream to the player. Two factors
overview of related work, we conclude in Section Vlinfluence the smoothness: the correct setup of the new
stream and the duration of the synchronization phase.
First, the start of the new data stream must be synchro-
A handoff denotes a switch from one connection teized with the old stream: if, e.g., a video has been
a new connection, where the new connection (hopaayed for a while, the new stream must start at the
fully) offers better connectivity. Handoffs are well-appropriate position. Second, the application can de-

Il. DYNAMIC HANDOFF



lay the shutting down of the old connection. Thereby,
packets continue to arrive over the old connection, hid-
ing the connection setup. The disadvantage is that the
same packet arrives over both connections and has to
be discarded. Section Il will present our solution to
these problems.

The application discussed in this paper is a video
streaming application. It consists of three compo-
nents: server, filter and client. Clients retrieve movies

from servers, and, in between, one or more filters can . .
adapt or multicast the data. Fig. 2. A handoff scenario: the client at UFMG may

switch from a direct connection to ETH to an indirect
We describe a client-based, application-layer hand- via CMU, depending on the bandwidth
off. Our solution, however, is not limited to this setup.
We chose a client-based handoff because the applic
tion we use for the evaluation observes the incoming
data stream for losses and triggers a handoff if th reutar buffer
loss rate is too high or the connection is completely  "fumiie" P LN ovides phger
down. However, any other component may also trig yf%"n ﬁ
ger a handoff: the receiver of a filter may get aware -
P
o —

of a lossy connection, and the server may request t
Incoming packets
Sychronization

] Frame[seq_nr]

reorganize its multicast tree. Ol comnection

In addition to the application-driven triggering, €X-  New concciion [ 11
ternal tools, such as network monitors that scan a ne
work for alternate paths may also trigger a handoff a
any participant. Finding alternate paths, i.e. how the)
are detected and how their performance is eStlmat%j . 3. Handoff at the client. Above: situation with only

i§ beyond the topic ofthis paper. We assume thatatthe 5ne connection streaming (phases 1,2,4 and 5). Below:
time of the handoff triggering, the new path is known. synchronization required during phase 3.

P>

Finally, we do not discuss under what conditions a
handoff may be triggered. We assume that the band- I1l. A PPLICATION MODEL
width of the new connection exceeds the old one, and

that this difference persist for a certain time. Figure 3 shows the implementation of the handoff

at the client. Above, the situation for one incoming
We restrict handoffs to application-layer connegonnection is shown. Typically, the incoming pack-
tions because we want to test and evaluate our sodgs from the filter are put into a buffer according to
tion in existing networks, such as the Internet. A patheir sequence number, and the video player reads the
thereby consists of a set of end-systems, running fitames from this buffer. Below, the situation during
ters or servers. Using new network architectures, sugfe synchronization phase is shown. The synchroniza-
as Active services [1] or active networks, would allowion of the two streams is done by the buffer: a packet
for an instantiation of filters inside a network. that arrives over both connectionsiis inserted only once

Figure 2 shows a sample scenario of a handoffN€ sécond packet s simply discarded.

The components of the application are distributed over T Nis séction shows the influence of two parameters
three locations. Assume that a server at ETH Zuri€iring a handoff: the correct setting of the first frame
originally sends its video data to a client at UFMG if© P& transmitted by the new connection and the tim-
Brasil (e.g., for teleteaching). The link between ETHN for the shutdown of the old connection. Based on
and UFMG has only limited bandwidth. At some pointh€Se experiences, Section IV will describe an algo-
in time, a client at CMU (Pittsburgh) joins the trans['_thm _that tries to optimize the handoff for different
mission. The video stream for the UFMG client coulg'tuations.

now be switched from the direct connection to a pos- N
sibly better connectiomia CMU. In this case, a new A. Stream Initiation

connection between UFMG and CMU must be estab-When a handoff is triggered, a part of the video has
lished. Then, the UFMG client switches to this newlready been transmitted via the old connection. The
connection. new connection must start at an offset to match the
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Fig. 4. Handoff timing: different methods to predict the
first frame to be sent via the new connection Fig. 5. 3 Experiments with variable buffer size (50,100,200
packets) for method pO0, and 1 for p1.

old stream. We call the number of the first frame that

is to be transmitted over the new connection $teat Method p2 takes pO as a base, but tries to avoid the

packet In Figure 1, the client sends a set-start-packetinecessary sending of packets that may arrive late,

request to the server, indicating this start packet. i.e. when the player has already consumed then. The
Different definitions are possible as to what the stasequence number for p2 is calculated as

packet should be. Between the setup and the arrival it

of the first packet, frames drain from the buffer and p2=p0+ — (@H)

packets may arrive via the old connection. The goal is f

to avoid that the same frame is transmitted over botvherertt is the round-trip time between the client and

connections because the buffer has to discard it. At ttiee new server, anfdhe average frequency with which

same time, however, no gap should be created betwdlea player fetches frames from the buffer.

the frames of the old connection and the new one.  Finally, p3 combines the ideas of p1 and p2. This
Figure 4 depicts four methods to define the stamethod is used when the switching of the connection

packet. It shows the video packets, streaming froi® known in advance and the old connection is still

left to right. Packets are first transmitted (packets Z&nding at a good quality.

to 27), then, when they arrive at the client, are putinto Figure 5 shows 3 experiments with p0, varying the

the buffer (packets 15 to 22). The video player fetchésiffer size (50, 100 and 200 packets), and a single ex-

the frames from the buffer and displays them (packegisriment with p1. On the x-axis, the incoming frame

9to 13). sequence numbers, on the y-axis the receiving time
The four methods are: stamp of the packet at the client in milliseconds are

1. The oldest frame number in the buffer, i.e. the orshown. The old connection A is the same for all ex-

that will be displayed next (pO0). periments. When the packet number 1500 arrives at

2. The newest frame number in the buffer (p1). the client, a handoff is triggered. With method p1, the
3. The frame that isxpectedo be displayed when thenew connection starts the transmission with the same
first packet arrives over the new connection (p2). packet number, and is independent of the buffer size.
4. The frame that ixpectedo have arrived last at In contrast, with method pO0, packets with lower se-
the buffer when the first packet arrives over the negquence numbers are sent over the new connection. The
connection (p3). buffer size determines here how many packets are sent
The first possibility is expected to be of use if th@revious to the handoff.
buffer is missing many frames, e.g., if the old con- Two effects are visible: first, with p0, packets may
nection has detoriated significantly before an alternaeive twice (over connection A and B). If the old
connection has been found. The new connection coainnection has sent its packets contiguously until the
then "repair” the holes of the missing frames. Butandoff, as in Figure 5, most packets over the new
method pO0 ignores that frames may still be buffered oonnection have to be discarded up to the packet at
being transmitted over the old connection. Therebye handoff trigger. The discard packet rate for the
packets may be transmitted twice and have to be dgiown experiment is 98% for p0/200 and 43% for
carded. p0/50 (packets between frame 1400 and 1500). If,
An alternative is to send the last sequence numb®wever, the old connection had had a lot of loss,
in the buffer (p1). If the old connection is known tahe new connection would have been able to insert its
be disconnected in advance, e.g., because the servgiickets into the stream and improve its quality. Sec-
going down, the new connection could kick in at thend, using method pO with a large buffer also leads to
correct position. a later packet arrival: with strategy p0/200, a packet
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The duration of the synchronization phase can b
determined by the application, unless the old connec-
tion breaks down completely. With this duration, the|
application can influence the incoming of the frames H_H_HT BER R T
Although the client cannot influence what frame num- % R "R PR
bers arrive from the filter, it can wait with the discon-
nection until the synchronization of the two streams Kg. 8. The number of frames discarded during the handoff
accomplished. In combination with the streanitiin (between frame 1400 and frame 1800)
ation, a late disconnection may close the gap till the
new stream is fully sending. However, managing twgle decision scheme that allows the application to de-
streams may increase the load on both the network agginine the appropriate stream initiation:
th_e client. This is expressed by an increased packef |oss highanddelay largeuse pO:
discard rate in the buffer. . if loss highanddelay smaluse p1;

Figure 6 shows the situation of an immediate hangd-i |oss lowanddelay largeuse p2;
off, i.e. the old connection is disconnected immedj- it |oss lowanddelay smalluse p3;
ately when the new connection has been eStab”ShedHel’e,|OSSdeSCI’ibES the number of lost packets of

but withogt waiting for the first pac_ket to arrive. Th‘?{he old connection, andelaythe expected delay of
two experiments shown here are (i) a handoff to a fiye new connection between the sending of the set-

ter within the same LAN (ETH) and (ii) to a remotey ot segment and the arrival of the first packet at the
filter (CMU) using p0/50 as handoff strategy. Thejient.

graph shows again connection A, which is the same\ye herform experiments with two extreme values
for both experiments. After the handoff, packets from . -1 parameter. Fdoss we compare a connec-

the remote server arrive much later than from the Ioc&\én that is disconnected immediately at the handoff
server. The handoff to the I_ocal player is not nOt'Cetgiggering (corresponding to a loss rate of 100%) to
because the new frames arrive quickly enough. In Cofi-connection with 5% loss that is disconnected af-
trast, _the player that swﬁch_es to the remotg server q@?the new connection is fully sending (packet 1800)
to wait until new frames arrive and the movie stops. For delay, we compare a handoff to a server within

The gap in the transmission could have been oMjke same LAN (20 ms latency) to a WAN-server with
ted if the old connection had continued to send datsgog ms latency. For each combination of these pa-
Therefore, an appropriate timing for the connectiqlymeters, we measure for the each method p0 to p3 the
shutdown influences the video quality during a hangy, mper of correctly received frames. Hemy et al. [5]
off. use this number to compare the quality of two MPEG
video streams. In addition, we measure the number
of frames that are discarded during the handoff phase,

The above results help the application to improvee. between frames 1400 and 1800. The buffer size is
the quality during the handoff. We have derived a sinkept at 100 packets.

1 2
conneltion dela)’ 50ms
down at packel 1800

IV. SELECTION AND EVALUATION



Figure 7 shows the number of correctly receiveiive buffer should keep the playback point synchro-
frames. Only frames after packet 1400 are counted,rd@ged in the middle of the buffer. Although the mo-
the previous quality is the same for all methods. Thvation is very different from our work, the idea that
figure shows that a handoff to a local server (expethe buffer tries to optimize the video stream is similar.
ments 1 and 3) allows for more frames to be received
correctly. However, with an appropriate strategy, also VI. CONCLUSIONS
the handoff to a remote server almost reaches the samgiultimedia applications can switch from an old,
quality. Connecting to a local server shows little varilow, lossy connection to a new one. Such a hand-
ation in the number of received frames, but large dibff can be an alternative when adaptation is no longer
ferences in the discard rate (Figure 8). Especially éfficient enough to adapt the data stream to the avail-
the old connection continues to send (experiment 3hle resources. Setting up the video stream over the
many frames have to be discarded. Transmitting unew connection and synchronizing the two connec-
necessary packets may cause losses of needed framiee® during the handoff is important to allow for
at the client, which would decrease the number of cai-smooth delivery of the video stream to the video
rectly received frames and degrade theliquaOur player.
algorithm chooses p1 for experiment 1: pl receivesWe have investigated the parameters that influence
as much packets as p0 and p2, but has a lower laiss handoff and thus the quality of the delivered video
rate. p3 looses even fewer packets, but the numberseieam. Based on this investigation, we have derived
correctly received frames is smaller. In experiment 3n algorithm to select the first frame that the new con-
the difference in the discard rate is considered monection should transmit. This algorithm allows for
important than the small difference in the number efn almost maximal number of frames received at the
received frames. Therefore, method 3 is chosen.  client while at the same time minimizing the number

For the experiments with a remote server (expef frames that have to be discarded. Thereby, the hand-
ments 2 and 4), the loss rate is much lower. If the otaff is at worst only slightly noticed by the application.
connection is shut down immediately (experiment 2), From this evaluation we conclude that a handoff is
p0 is chosen because the number of frames is the highether viable approach to improve the quality of mul-
est and the loss rate is neglected. If the old connectitimedia applications
continuesto send (experiment 4), the differences in the
number of received frames is smaller. Here, the loss REFERENCES

rate may be taken into account, so that method p2[1$ E. Amir, S. McCanne, and R. Katz. An Active Service Frame-
chosen. work and its Application to Real-time Multimedia Transcod-
ing. In ACM SIGCOMM pages 178-189, Vancouver, BC,

Canada, September 1998.
V. RELATED WORK [2] Y. Bejerano, I. Cidon, and J. Naor. Efficient Handoff Rerout-

. . . L ing Algorithms: A competitive on-line algorithmic approach.
Handoff is applied in from mobile communication. | "=ce infocom 2000Tel Aviv, Isr, March 2000.

When a user moves from one cell to another, the cog; A. campbell. Mobiware: QOS-aware middleware for mobile
munication is moved from one base station to another. multimedia communications. [fith IFIP International Con-
Snoeren and Balakrishnan [6], e.g., describe a handofff:re_lnig bl High Performance Networkinghite Plains, NY,

: ri :
scheme for mobile h_OStS’ but at transport layer (TCPQ] Z.pFei, M. Ammar, I. Kamel, and S. Mukherjee. Providing In-
At a lower layer, Bejerano et al. [2] or Campbell [3f teractive Functions through Active Client Buffer Management
consider rerouting-algorithms for handoff. In contrast, in Partitioned Video Broadcast. Technical Report GIT-CC-99-

our work is based on application-layer connections be- 09, Georgia Institute of Témology, Atlanta, GA, September
P : : 1999.
cause these allow the application to actively mﬂuen?ﬁ M. Hemy, P. Steenkiste, and T. Gross. Evaluation of adaptive

the handoff and synchronize the video streams. filtering of MPEG system streams in IP networks. IEEE
Stemm and Katz [7] treat the problem of the hand- Intl. Conference on Multimedia and Ex{@90Q New York,
off speed: when a user moves between cells, the de-2000.

. . 6] A. Snoerenand H. Balakrishnan. An End-to-End Approach to
lay to establish the new connection may be too Iaréel Host Mobility. In6th ACM/IEEE International Conference on

for the application. This, e.g., holds for telephony. obile computing and Networking (MobiCom '0@oston,
Some multimedia applications can use the buffer to MA, August 2000.

overcome the delay, but, as we have shown, synchﬁi- M. Stemm and R. thz. VerticaI_Handoffs in wirelesg (I)verlay

nzatonisneeded. e e o (on 1) Specialssue
Fei et al. [4] describe an active client buffer that

must select the frames to be downloaded. The mo-

tivation here is that a user interactively modifies the

video stream (moving forward or backward). The ac-



