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Abstract—Digital video cassette recording (VCR) functionality
enables quick and user friendly browsing of multimedia content,
thus is highly desirable in streaming video application. In this
paper, we propose a layer-based implementation scheme and a
layer-based soft real-time scheduling algorithm for efficient
implementation of scalable streaming video system to provide
full VCR functionality over a dynamic wireless network.
Scalable streams provide a layer-based representation for
transmitting media contents. Besides the real-time constraint,
unequal priorities of scalable streams at different layers and
frames are taken into account to support VCR functionality in
the proposed algorithms. Thus, the better usage of available
bandwidth and smoother playback can be achieved in the
streaming system. Simulated results show that, with the
proposed algorithms, the playback quality can be efficiently
improved.

I. INTRODUCTION

Real-time streaming of multimedia over the broadband
wireless networks has evolved as one of the major technical
fields in recent years. Due to the wide variation of available
bandwidth and transmitted errors over the wireless
networks and the variety of end user devices, it is very
desirable to have a streaming media coding scheme that can
adapt to the channel conditions and user devices. The server
should be designed to support a broad range of capacities
and dynamically adaptation to time-varying network
conditions. To improve the performance of streaming
applications, many research works have developed various
media coding schemes and data delivery algorithms with
scalability. For instance, FGS (Fine Granular Scalable)
[1][2] is adopted by the MPEG-4 standard. An FGS encoder
compresses a raw video sequence into multiple layer
streams, i.e., a base layer bit-stream and one or more
enhancement  bit-streams. PFGS  (Progressive Fine
Granularity Scalable) coding scheme proposed in [3] is an
improvement over the FGS scheme.

It is highly desirable that scalable video streaming
systems support effective and quick browsing. A key
technique that enables quick and user friendly browsing of
video streaming is to provide full VCR functionality. The
set of effective VCR functionality includes forward,

backward, step-forward, step-backward, fast-forward, fast-
backward, random access, pause, stop and resume, and
allows the users to have complete controls over the session
presentation. However, the implementation of full VCR
functionality with the scalable video streaming is not a
trivial task.

Traditional VCR operations impose additional resource
requirement on the VOD server in terms of storage space,
retrieval throughput and network bandwidth. Chen et al. [4]
proposed a segment skipping method. Dey-Sinclair et al. [5]
proposed an increased playback rate method. Wee et al. [6]
presented a method which is used to convert the I-P frames
in the compressed domain. Lin et al. [7] proposed to add a
reverse-encoded bitstream in the server. But those
techniques may not applicable to scalable video streaming
for supporting VCR functionality.

In this paper, we propose a layer-based implementation
scheme and a layer-based soft real-time scheduling
algorithm to implement full VCR functionality in a scalable
streaming system over the wireless networks. The
implementation scheme combines skipping method and
increased playback rate to support arbitrary playback rate.
Different layer and frame have different effort to the quality
reconstructed. The real-time scheduling algorithm is an
efficient and simple scheme to select the packets from the
scalable steaming for supporting the VCR functionality,
which can improve the playback quality greatly in client.

The rest of the paper is organized as follows. Section 2
briefly introduces the framework of FGS video coding and
the architecture of scalable streaming system. In section 3,
we describe our proposed implementation scheme and a
real-time scheduling algorithm for supporting full VCR
functionality for scalable video streaming. Section 4 shows
the simulation of the proposed methods. Section 5
concludes this paper.

II. FRAMEWORK OF FGS VIDEO CODING AND THE
ARCHITECTURE OF SCALABLE STREAMING SYSTEM

A. The Basic Framework of FGS



Fine granularity scalable (FGS) video coding [1][2] has
been accepted as an amendment to the traditional non-
scalable MC-DCT approach by MPEG-4 for streaming
video profile. The basic idea of FGS video streaming is to
code a video sequence into a base layer and multiple
enhancement layers. The base layer uses non-salable coding
to reach the lower bound of the bit-rate range. The
enhancement layer is to code the difference between the
original picture and the reconstructed picture using bit-
plane coding of the DCT coefficients, with each
enhancement layer corresponding to one bitplane. The
bitstream of the FGS enhancement layers may be truncated
into any number of bits per picture after encoding is
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Figure 1. The FGS framework

completed. The decoder should be able to reconstruct an
enhancement video from the base layer and the truncated

enhancement-layer bitstreams. The enhancement-layer
video quality is proportional to the number of bits decoded
by the decoder for each picture.

Figure 1 shows a sample of FGS scalability structure.
FGS coding scheme is that the base layer and all
enhancement layers in predicted frame are always predicted
from the reconstructed version of the base layer in the
reference frame.

B.  The Architecture of scalable streaming system

A typical streaming system consists of clients and
servers on a network. Figure 2 shows the architecture of the
scalable streaming media system. The client requests are
sent to the server via network connections which also serve
for transmission of media data. The buffers in each client
are used to provide some tolerance on variations in network
delay as well as data consumption rates. To satisfy the
performance requirements and VCR interactive control of
each client, a scalable streaming server must employ a user
manager (i.e. admission control) to determine whether the
server can guarantee the QoS (Quality of Service)
requirements of a new client without violating the
performance requirements of the clients already being
serviced. If a new request is admitted, the server will
receive the control command and read the data from the
storage devices, packetize them, and feed them into the
server’s transmission buffers. The server selects one packet
at a time from those buffers and sends it over the lossy
channel. The real-time scheduler in the server controls the
packet size and sequence, manages the server transmitted
buffer and packets via the network to the clients’ buffers.
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Figure 2. The architecture of the FGS streaming system

ITI. REAL-TIME SCHEDULING ALGORITHM SUPPORT VCR
FUNCTIONALITY

Different layer in a frame have different importance to
the playback quality reconstructed and the base layer is
always predicted from the previous frame at the base layer,

whereas each frame at an enhancement layer is predicted
from the previous frame at the base layer. Therefore, we
proposed layer-based implementation scheme and soft real-
time scheduling algorithm for supporting VCR functionality
over the wireless networks.



A. Layer-based implementation scheme for supporting
VCR functionality

In general, the implementation schemes for support
VCR functionality either increased playback rate [4] or
skipping frames [5][8] methods. In an increased playback
rate method, fast-forward at n-times the normal playback
rate requires n-times as many frames to be retrieved n (as
compared to the normal playback), yielding an n-fold
increase in the load on the server and the network
bandwidth. In a skipping frames scheme, fast-forward at n-
times the normal playback rate is achieved by transmitting
every n™ frame to the client site. But such frame skipping
schemes may not be directly applicable for scalable video
streams that are encoded using motion compensated
predictive coding between successive frames in base layer.

Each layer has different dependency, so we proposed an
integrated implementation scheme for supporting VCR
functionality of scalable video streaming. The base layer in
predicted frame is always predicted from the reconstructed
version of the base layer in the reference frame, so the
increased playback rate is adopted in the base layer. Each
frame at an enhancement layer is only predicted from the
previous frame at the base layer and not dependent the bits
of the enhancement layer, therefore, we use the skipping
frame scheme in the enhancement layers. When the request
of the fast-forward operation at n-times the normal
playback rate is received at the streaming server, the server
will sent the n-times as many frames of normal playback in
the base layer and sent every n" frame in the enhancement-
layer which be truncated according as the network
condition. Our proposed scheme is not only simple and
efficient but also accommodates to the variation of network
bandwidth.

B. Layer-based soft real-time scheduling algorithm for
supporting VCR functionality

It is important to select and schedule packets of delivery
of scalable video streaming to support VCR functionality.
Scalable video streaming consist of a sequence of frames
which be decoded and presented continuously in time. If the
data does not arrive in time, the playout process will pause,
which annoying to human ears and eyes. Due to the
variation of the network bandwidth and the delivery delay
constraint, not all packets can be transmitted. However, if
the server schedules a packet to be sent and the packet
arrives the receiver earlier than its playback time, this
packet will can be decoded and display in the client. If a
frame is not available at its expected display time at the
receiver, it misses its deadline. Since the bitplane coding
produces an embedded bitstream with fine granularity
scalability, the bitstream of enhancement layer can be
arbitrarily truncated to fit in the available channel
bandwidth. Some packets in a frame cannot be received in
the client, but the playback quality is accepted by the user.
So the soft real-time packet scheduling algorithm [9] can be
used in the packet scheduling policy. Different layer in a

frame have different effort to the playback quality
reconstructed in the client and the bitstreams of VCR is
more complicated than the normal playback, so we
proposed the layer-based soft real-time scheduling (LB-
SRT) algorithm for supporting the VCR functionality
during a streaming session, in such a way as to improve the
playback quality in client.
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Figure 3. The parameters of a transmit packet

Let p; ; denote the packet of the j™ layer in frame i. The
packets are put into the transmission buffers according to
the decoding order. The release-time 7; ;is the earliest time
at which the packet p; ; becomes ready for scheduling in
transmission buffer. Deadline d; is the latest time at which
all packets of frame i should be sent to the client, otherwise
it is too late for playback. We assume that different layers in
a frame have the same deadline. The schedule-time s; ; is
the time at which the scheduler sends packet p; ; to client.
The round-trip-time (R77) is defined as the interval from
the time a packet is sent from the server to the time the
server gets feedback of this packet from the client. In
general, the transmit time of the packet from the server to
the client £, = RTT/2. The size of the packet p; ;is b;;. The
current channel bandwidth is B.,. The processing time of
the packet p; ; is ¢; ; = b; j / Beyr. The fulfill-time of a packet
pijis fi; = si; + ¢; ;. The decoding time is d#; and playback
time is ¢. The deadline d; < t; — dt; — t,. Some of the
parameters defined above are illustrated in Figure 3.

A packet p; ; is ready for scheduling if the following
conditions are satisfied: the current time ¢, is later than its
release-time 7; ;, and its fulfill-time f; ; is earlier than its
deadline, i.e., r; j < tor and to, + ¢; ;< d.

In the session of VCR, the packets of different layer
have different importance, so we set the different arrive
time 7; ; to the different packet in the same frame. More
important packet has earlier arrive time. Thus the packets of
base layer and important enhancement layers have more
chance than other enhancement layers and the scheduler no
longer take into the layer importance. If the rate of the fast-
forward is n-times the normal playback rate, all the packets
of base layer will be sent and the packets of enhancement
layers will be sent every n" frame.

The layer-based soft real-time scheduling algorithms
for supporting VCR functionality of scalable streaming
media over a bandwidth variation network are proposed as
follows.



Layer-based soft real-time scheduling algorithm:

Step 1: compare the current time ¢, with the deadline d; of
all the packets in the server transmit buffer.

If ., > d;, move the packet from the server transmit
buffer.

Step 2: let T = set of tasks with the lowest layer in the
server transmit buffers.

Step 3: If |7] = 1, (this is only a single packet in 7), service
that packet; go to Step 1;

Else let #; be the first packet in 7 with the lowest
layer.

Step 4: Service t;, tyy = tow+ bi j/ Beyr. Then move ¢; from
the buffer.

Go to Step 1.

The layer-based soft real-time scheduling algorithm
depends on the decoding order and the importance of the
packet. The server transmits the lower (more important)
layer packet in the transmit buffer as possible as soon. The
scheme not only improves the utility of the bandwidth but
also smoothes the playback quality.

IV.SIMULATION RESULTS

The Microsoft H.26L-PFGS encoder/decoder is used in
the simulation [10][11]. H.26L-based PFGS is an efficient
scalable coding scheme with fine granularity scalability,
where the base layer is encoded with H.26L, and the
enhancement layer is encoded with PFGS coding. Extensive
simulations have been performed to test the performance of
the proposed layer-based implementation scheme and soft
real-time scheduling algorithm. The sequence Foreman in
QCIF format is used in the simulation. It is encoded with 30
frames per second. The maximum level of bitplane is 6 in
the sequence Foreman, so there are 6 layers in the
Enhancement layer. Different bitplane has different frame
size. The enhancement layer bitplane 0 (ELO) is the
smallest in size, but it is the most significant layer. The
enhancement layer bitplane 5 (ELS) is the largest in size,
but it is the least significant layer. The average rate of video
data with all enhancement layers is 3,804.094 Kbps. The
average rate of base layer is 138.139 Kbps. The sizes of the
enhancement layers in the sequence are shown in Figure 4.
The packet size is 512 bytes. The frame rate is 30 Hz. The
Fast-forward rate is 3 times of the normal playback rate.
The playback quality is measured by PSNR of the video
frames reconstructed at the client end based on all available
packets.

Figure 5 shows comparison results of PSNR for
Foreman sequence using different implementation schemes
and scheduling algorithms under various bandwidths. The
FB-SRT combines the layer-based implementation scheme
and frame-based soft real-time scheduling algorithm (not
taking into account the importance of the layer). Increased

rate is the increased playback rate scheme. Normal
playback is the normal playback quality in the same
bandwidth. It can be seen that, overall, LB-SRT scheduling
schemes outperforms FB-SRT and increased rate schemes
and LB-SRT smoothes the playback quality.
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Figure 4. The bits used in each enhancement layer.
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V. CONCLUSION

In this paper, we propose a layer-based implementation
scheme and a layer-based real-time scheduling algorithm
for supporting VCR functionality of scalable video
streaming over the wireless networks. The layer-based
implementation scheme achieves both efficiency and
robustness by considering the layer concept in the scalable
video streaming. The LB-SRT scheduling algorithm is
efficient and simple to improve the playback quality for
supporting VCR functionality of scalable streaming media
over a dynamic wireless network and smoothes the
playback quality. The simulation result shows that our
proposed algorithms outperform the frame-based scheduled
algorithm and increased playback rate method with
different bandwidth. The low complexity of the proposed
algorithms also enables them to be applied in the real-time
applications
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Figure 5. Playback quality under various bandwidths.



