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Abstract—In recent years, the mobile equipments with
powerful functions and convenient service feature are getting
more and more popular. Those mobile equipments not only
provide us many types of wireless network connections services
but also with one of popular service which is video streaming.
However, the most concerned problem is handover between
networks during the video streaming transmission. So we
propose a new algorithm based on IEEE 802.21 standard,
which can dynamically adjust frame rate according to
handover process in order to decrease the impact of handover.
Finally, video stream can playback smoothly until end of
handover procedure.
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I. INTRODUCTION

The Internet multimedia applications are more and more
popular at the present age. A lot of applications become parts
of our life such as online game, network TV, video phone
and etc. In these services, the network transmission arrive
rate will affect the video streaming quality directly.
Multimedia service will be delayed or interrupted by end-to-
end time delay, jitter, frame error, and packet loss. However,
these facts would also happen during handover.

In order to perform seamless handover between
heterogeneous wireless network, IEEE group propose the
IEEE 802.21 standard. IEEE 802.21 defines a middleware
function to make handover smoothly, which is called Media
Independent Handover (MIH) function.

When a mobile host (MH) tries to handover into another
network, the media streaming must be interrupted until the
new connection is established to new point-of-attachment
(POA) or base station (BS). Unlike handoff in same network,
there usually have no any proxy server between different
networks during handover. So we try to find client side
solution. Our research focus on how to make streaming
continued during handover in MH. We propose a novel
buffer management and frame rate control to provide enough
frame packets for streaming. By this method, the multimedia
service can make handover seamlessly between
heterogeneous wireless networks.
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The rest of this paper is organized as follows. Section 2
introduces how to calculate the total handover time in the
MIH system, and introduces the buffer management of video
streaming. Section 3 presents the novel buffer management
of video streaming during handover. Section 4 provides our
simulation model and experimental results. Finally, section 5
concludes the paper and discusses the future work.

II.  BACKGROUND AND RELATED WORKS

A. IEEE 802.21-MIH

IEEE 802.21 establishes a middleware between low
layers (layer 2 and below) and MIH user (layer 3 and above),
which is called Media Independent Handover (MIH)
function. MIH function also defines three kinds of functions:
MIH Event Service (MIES), MIH Information Service
(MIIS) and MIH Command Service (MICS) [1] [2]. The
MIH function architecture is shown in Fig. 1.
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Figure 1. Architecture of MIH function.

Handover procedure can be described simply as follow.
First, when MH’s MAC and PHY detect link is going down
with legacy BS, will scan for all candidate networks, and
check resource availability of new BS. Second, MH request
resource reservation to new BS through legacy BS. And then,
new L2 connection is established. MH should establish the
new connection before old connection is broken. Finally,
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MH executes higher level handover, and release resource of
legacy BS through new BS [3]. The streaming service will be
disrupted or delayed due to handover procedure.

In [4], a playback buffer is added into MIH framework to
make handover seamlessly. Service Specific Layer (SSL)
contains a buffer controller to take control of the buffer. The
buffer size depends on actual no-connection time during
handover. Paper [3] [4] calculate the total handover latency
time in different scenario. For video streaming, we should
not only concern about handover latency time, but also focus
on the influence when handover happen. We will explain
buffer management of video streaming later.

B.  Buffer Management for Streaming

To maintain the quality of streaming service, we should
concern about the buffer size of streaming. In ideal situation,
the streaming buffer should be kept over low-bound and
under up-bound. In order to prevent streaming underflow,
low-bound is researched in [5]. Low-bound is restricted by
streaming or network condition. Up-bound will be affected
by a lot of facts. For example, when using cell phone to
watch streaming video, storage size may limit buffer size.
And in real-time service, time sensitivity influence up-bound
certainly. How to keep streaming between low-bound and
up-bound is an important issue in multimedia applications.

Paper [6] [7] show buffer management models during
handoff. In [6], they reserve additional buffer before handoff
in client queue for multicast service. In [7], they discuss how
to limit low-bound and up-bound. These boundaries are
decided by the interaction between server and client.

III.  FRAME RATE CONTROL FOR MIH BUFFER

MANAGEMENT

A. Handover Duration Forecast and Buffer Control

We propose a novel frame rate control with MIH for
streaming based on IEEE 802.21 during heterogeneous
handover. SSL controls the buffer according to application
service and MIH function. The buffer management becomes
application awareness.

Fig. 2 is the proposed architecture for buffer management
of multimedia applications in client queue during handover.
Before handover start (Hg,() (phase 1), stream buffer should
be kept near up-bound. When handover begin (phase 2),
streaming service will be disrupted temporarily. P),s; means
streaming break point. Client would not receive frame
packets during this packet until the new connection is
established. The total handover time will be explained
clearly in next paragraph. When new connection is
established (Phase 3), the streaming service should be
resumed. And stream buffer should be kept near up-bound as
before.
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Figure 2. Architecture of MIH function.

So the total handover time Htotal can be calculate as
follow:

Htotal = chd - Htotal = LZ(t) + V(t) + R(t) (1)

Where L, (t) is the total time of Layer 2 connection. V(t)
represent video session reconnection time. And R(t) is the
time spend on transfer resuming.

Unlike handoff between BSs in same network, handover
usually has not any proxy or mechanism to help handover
procedure. And the client will use different IP to access
server before and after handover. It lead server to recognize
same MH as different clients after handover. So, the MH
should reconnect to streaming session again and request
frames from break point. That is the reason why we consider
V(t) and R(t) into total handover time.

B.  Playback Frame Rate Control

In this section, we discuss the buffer management in
simulcast streaming service during handover. Most of
simulcast streaming services is sensitive to time. Therefore,
the up-bound should be decreased to transmit video
immediately. That means the frame buffers in client queue
are not too many. Streaming will be disrupted more easily
during handover.

We propose a framework in client side to improve
streaming service during handover. In our model, shown in
Fig. 3, we implement a buffer control and handover duration
forecast mechanism in SSL. When MIH receive a Link
Going Down message from MAC, MIH will forward
handover message to SSL. Then the buffer control
mechanism starts to measure the rest of frames in buffer.
And handover duration forecast mechanism calculates the
total handover time. If the rest of frames are not enough to
play in predicted total handover time, the SSL will notify
applications that the streaming will disrupt due to frame run
out and suggest application to adjust frame rate. Once MH
decides to handover, application should begin adjusting
frame rate according to the estimated total handover time.
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Figure 3. Buffer in MIH framework.

Fig. 4 is an example of frame rate control mechanism. In
the case of playback without dynamically adjust frame rate,
shown in Fig. 4a, the video frames will be played stage by
stage. The queue should provide frames how many streaming
want. And streaming use static frame rate to play.

Because the up-bound is decreased strictly, we have to
find a method to prevent streaming underflow. Our solution
is making low-bound more flexible. Fig. 4b demonstrates a
simple frame rate control mechanism. At T, we assume the
connection is broken for handover. The streaming is aware
that the frames in buffer will be run out, so the streaming
will slow down the frame rate. Streaming play 3 frames
rather than 5 frames between T, and T,s. At T, the
connection is reestablished to new BS, so the frame rate
should be kept up to original frame rate gradually. So
streaming play 7 frames rather than 5 frames between T,
and T,:0. And then the frame rate should be resumed as
before. The frame rate is decreased and increased at T, and
Tus. But in real situation, the streaming plays about 30
frames per second. Although we reduce one or two frame in
a second, viewers might not feel the video quality become
lower.
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Figure 4. Example of dynamically adjust frame rate.
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C. Adaptive Algorithm for MIH

We proposed an algorithm will be adaptive with network
situation as fellows in Table 1.

TABLE 1. DIAGRAM OF OUR ALGORITHM
During After
Handover Handover
(decrease) (increase)
Qbuf > Htotal TF = T TF = T
T H otal Q 1
7Htota] < Qbuf < Hmtal T, = —eal T = LT
TL Qbuf Htotal
T
Qpur < THWI T. =T, T, =T
L

When SSL decide to hop to another network, we will get
a forecast value of handover duration time H. Qpur 1S the
time of rest of frames in queue can be played. SSL and
application will check Qu,s when handover start. T is basic
period of frame, which will be 33ms. T is the limited period,
which will be determined by streaming quality. If frame rate
is lower than T;, the viewer would not accept streaming
quality. TF present the period after frame rate control.

If Qpur > Hioral, that is, the frames in buffer are enough to
play during handover. So we don’t need to adjust frame rate.
If Qpur between Hyypy and (T/T1)*H o, We suggest to adjust
frame rate during handover, and the frame rate should be
return to T after handover. When Qu < (T/Tp)*Ho,
although frame rate has been adjusted, the rest of buffers are
not enough for total handover time. So the streaming is still
disrupted.

IV. PERFORMANCE EVALUATION

We assume that the worst H,,; 1s 10 second, and the Ty,
is 56ms. The streaming is constant bit rate. We also give
Quur= 6 second. Fig. 5 performs that in normal situation
playback streaming will be interrupted during handover
because playback buffer is run out in the same time. Our
proposed algorithm result will be present in Fig. 6. Playback
size will be decreased when handover procedure started.
After handover, we use increase mechanism to increase
frame rate until Tg=T.
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Figure 5. Playback without frame rate control.
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Figure 6. Playback with frame rate control.

V. CONCLUSION AND FUTURE WORK

This paper proposed and explained a novel frame rate
algorithm for multimedia applications. Video streaming will
be play smoothly during heterogeneous handover based on
IEEE 802.21 standard by our mechanisms. We introduce a
framework of Buffer Management in MIH functions. Then
we suggest to dynamically adjusting frame rate during
handover for simulcast streaming.

The video encode and decode technologies are more and
more mature nowadays. Some technologies even can help
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streaming transmit, such as error recovery, scalable video
coding and so on. For the future work, these technologies can
be included in our algorithm to make streaming smoothly
during heterogeneous wireless handover.
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