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Design and Implementation of a Real-Time Layer-based Scalable
Video Communication System for H.264
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Abstract

With the recent development in stream media,
scalable H.264 video encoding is designed to be used
in real-time video communications systems. The
method is based on the Fine Granular Scalability
(FGS) video coding method. It provides a framework
to adapt to variations in the channel bandwidth and
was recently standardized in the Streaming Video
Profile of MPEG-4. FGS also provides to the encoder
the ability to selectively enhance the regions that are
visually increasing the subjective video quality. In
this paper we proposed and implemented a simple
and effective real-time layer-based scalable video
communication system. In this system we use
Progressive Fine Granularity Scalable (PFGS)
scheme to encode the enhancement layer and H.264
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to encode the base layer. This scheme is a direct
implementation of FGS onto H.264 and does not
employ any H.264-specific features for FGS. We also
use the adaptive Layer-Based Least-Laxity-First
(LB-LLF) scheduling algorithm to improve the
output quality of video on network and to achieve
synchronized playback effect. The experimental
results show that subjective quality of the video
stream is significantly improved using our methods.
Keyword: streaming video, streaming media, video
processing, real-time scheduling

1. Introduction

Multimedia  applications  typically  require
computations for large amount of data. In late 2001,
ISO/IEC MPEG and ITU-T VCEG decided on a joint
venture towards enhancing standard video coding
performance — specifically in the areas where
bandwidth and/or storage capacity are limited. This
Joint team of both standard organizations is called
Joint Video Team (JVT). The standard formed is
called H.264/MPEG-4 part 10 and is presently
referred to as JVT/H.26L/Advanced Video Coding
(AVC) [3]. An emerging video coding standard
named H.264 or MPEG-4 Part 10 aims to code video
sequences at approximately half the bit rate compared
to MPEG-2 at the same quality. It also aims at having
significant improvements in coding efficiency, error
robustness and network friendliness [4].

H.264 is different from the previous video
standards. It introduced several new techniques and
had about up to 50% improved performance over the
MPEG-4. And it makes H.264 an attractive choice for
the streaming video over internet and wireless
networks. However, not much research has been done
for introducing scalability to the H.264 standard.
Although H.264 has features that enable efficient
switching of different streams at different rates, but it



don’t have the ability to adapt to changing bandwidth
conditions in a fine-granular fashion.

There has been some work done combining
FGS with H.264. Progressive FGS (PFGS) has been
proposed to encode the enhancement layer and H.264
to encode the base layer [1]. This scheme is a direct
implementation of FGS onto H.264 and does not
employ any H.264-specific features for FGS.
Recently, we proposed low-complexity H.264-based
FGS structure which increased the error-resilience of
the overall system (encoder and decoder) and
decreased its complexity by using the features that
are already present in the base layer H.264 encoding.

In this system we use Progressive Fine
Granularity Scalable (PFGS) scheme to encode the
enhancement layer and H.264 to encode the base
layer. This scheme is a direct implementation of FGS
onto H.264 and does not employ any H.264-specific
features for FGS. We also use the adaptive
Layer-Based Least-Laxity-First (LB-LLF) scheduling
algorithm to improve the output quality of video on
network and to achieve synchronized playback effect.
The proposed algorithm considered real-time
constraint, unequal priorities of scalable media
stream in different layers, and a good trade-off
between coding efficiency and drifting error. Section
2 gives a brief overview of scalable video coding
technique adopted in H.264, and introduced H.264
based FGS bit-plane coding scheme. Section 3
presents the architecture of the layer-based scalable
streaming media system for H.264 and our proposed
method for transmission through networks. Section 4
presents the real-time Least-Laxity-First (LLF)

scheduling algorithm for H.264 layer-based scheduler.

Section 5 shows the experimental results that
subjective quality of the video stream is significantly
improved using our methods. Conclusions and
discussions are presented in Section 6.

2. Scalable Video Coding for H.264

The Fine Granularity Scalable (FGS) [2] video
coding technique is adopted in MPEG-4 standard. In
the proposed scheme, the base layer is predicted from
the reconstructed base layer of a reference frame.
And all enhancement layers are predicted from an
enhancement layer of the reference frame. The Fine
Granularity Scalable scheme can easily adapt to
channel bandwidth fluctuations, because the bit plane
coding technique provides the fine granularity
scalability in the enhancement layer. The
enhancement bit stream can be truncated according to
available channel bandwidth due to the bit plane
coding produces an embedded bit-stream with fine
granular scalability. However, the coding efficiency
of the FGS is not so good as the traditional scalable
coding since its motion prediction is always based on

the lowest quality base layer. The PSNR of the FGS
may drop 3dB or more at the same bit rate while
compared with the non-scalable video coding
schemes.

The H.264 compression algorithm assumes that
a video sequence is composed of similar images,
which are related to each other. Typically, there are
small spatial temporal changes between the current
image and the next one, since most of the image
segments are almost identical, and just few might
change location or be replaced with new ones. Each
incoming image is processed either as I-frame or only
as the spatial-temporal difference from the previous
image (P-frame) or bi-directional image (B-frame). A
conventional video transmission system of H.264
video encoding is based on a sequential encoding of
frames. In most existing video coding standards
including H.264, within each frame video encoding is
typically based on sequential encoding of
macro-blocks (MBs). Although slices could he
formed, the strategy of one frame in one packet is
usually beneficial to exploit the full intra-frame
correlations within one frame. Each generated frame
is channel encoded and transmitted over the wireless
channel. The applied channel coding maps the
wireless channel into a perfect packet erasure channel,
i.e., frames are either lost or perfectly decoded. In
addition to the forward link it possible that a low
bit-rate reliable back-channel from the decoder to the
encoder is available which allows reporting a frame
delayed version the observed channel behavior at the
decoder to the encoder. The decoder processes the
received sequence of packets. Whereas correctly
received packets are decoded as usual far the lost
packet an error concealment algorithm has to be
invoked. In inter mode, i.e., when motion
compensated prediction (MCP) is utilized, the loss of
information in one frame has a considerable impact
on the quality of the following frames, if the
concealed image content is referenced for MCP.

The FGS structure consists of an MPEG-4
non-scalable base layer encoded at Rpse and an
enhancement layer encoded using bit-plane coding at
a maximum bit-rate Ry During transmission, the
enhancement layer can be truncated at the rate
Ravatianle t0 fully utilize the available bandwidth.
Because the enhancement portion is encoded using
bit-plane coding, the quality of the video at the
decoder side increases with more bit-planes received.
Figure 1 illustrates the bit-plane coding FGS is
standardized in MPEG-4 Streaming Video Profile and
it uses MF'EG-4 coding blocks. We have introduced
H.264 based FGS and modified the FGS structure
that uses H.264's superior features that decreases the
complexity and increases the error resilience of the
overall system.
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Figure 1: FGS Structure, BP1, BP2...BP5 are the bit-planes for the enhancement layer

3. System Architecture

To increase the traffic quality for streaming
media in the internet, a server transmits multimedia
stream packets to a receiver that buffers these packets
for playback. A typical streaming system consists of
clients and servers on a network. Figure 2 shows the
architecture of the layer-based scalable streaming
media system for H.264. The client requests are sent
to the server via network connections, which also
serves 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. The scheduler in the server
controls the packet size and sequence, manages the
server transmitted buffer and packets via the network
to the clients’” buffers. The scalable video sequence
consists of many frames, which are compressed into
several layers. The layers are packed as packet and
fed into the server’s transmission buffer. These are
the packets waiting to be scheduled for transmission.
The server’s scheduler selects one candidate packet at
a time from those buffers and sends it to the network
channel. [9][10]

The problem of the non-scalable system comes
for the "all-or-nothing" transmission strategy. Either

the entire frame can be decoded or everything is lost.
The probability of the loss obviously depends on the
applied channel coding rate. However, with this
strategy we have overprotected the source for most
channel realizations and therefore limit the average
bit-rate for the video transmission. It has been shown
for still image transmission that the application of
scalable or progressively coded source in
combination with unequal error protection can
enhance the system significantly. In proposed system,
we have presented a channel and complexity scalable
transmission system which outperforms previous
approaches especially for wireless fading channels.

The client includes a base receiver buffer and
several enhance receiver buffers to compensate
transmission delay jitter.  The dispatcher stores
incoming packets in reception order into the base
receiver buffer and enhance receiver buffers. Packets
are de-capsulated in sequence number order within
receiver buffers. If a de-capsulated packet is a
single frame unit packet, the unit contained in the
packet is passed directly to the decoder from buffers.
If a de-capsulated packet is not a frame unit, the units
contained in the packet are passed to the decoder in
the order they are encapsulated in the packet. If a
de-capsulated packet is a fragment, all the fragments
of the fragmented frame unit are concatenated and
passed to the buffers that they belong to.
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Figure 2: The architecture of PFGS video streaming system



4. Real-Time Scheduling Algorithm for
H.264 Layer-Based Scheduler

4.1 Basic Technologies

Least-Laxity-First algorithm (LLF) is optimal
dynamic scheduling algorithms [11][12]. A main
advantage of these dynamic scheduling algorithms
can achieve a theoretically possible 100% processor
utilization without deadline misses.

The LLF algorithm is a dynamic scheduling
method, i.e., it makes the decision for which task to
execute next at scheduling time. For every task ready
to run at the given moment the difference L between
the time of deadline D and the end of processing time
P is computed. This difference is called as laxity or
slack which can be seen as an inverted priority value.
The task with the smallest L-value is the one to be
executed next. Whenever a task other than the
currently running one has the smallest laxity, a
context switch will occur. LLF algorithm is an
optimal scheduling method. That means, if a given
set of tasks is schedulable, then it can be scheduled
by Least-Laxity-First. Another great advantage of the
LLF algorithm is that no further assignment for fixed
priorities to the tasks at development time except
scheduling test. Furthermore, a task going to miss its
deadline is recognized at the same moment when its
laxity turns to zero with the task currently not being
executed. At that time the deadline is not yet reached
and emergency measures can be taken to cover the
miss of a deadline. With LLF it is possible for the
scheduler to detect an impending deadline miss
during the execution of tasks. [13][14]

4.2 Layer-Based LLF Scheduling
Algorithm

Each task (packet) T is characterized by the
following parameters:

T«(y) : the task (packet) of the y™ layer in frame x.
The tasks are put into the transmission buffers
according to the decoding order.

E.(y) : the earliest time at which the task T,(y)
becomes ready for scheduling in transmission
buffer.

P«(y) : the processing time of a task T,(y).

Ly(y) : the laxity value of the task Ty(y). Lx(y) = D(x)
- Px(y)-

LTy(y) : the laxity value of the task T,(y) at a given
time.

D(x) : the latest time at which all packets of frame x
should be sent to the client, otherwise it is too
late for playback.

It is instinctive to select and schedule packets by

Least-Laxity-First scheduling algorithm for delivery
of scalable streaming media over a network. We
proposed the adaptive Layer-Based Least-Laxity
-First (LB-LLF) scheduling algorithm, which
combines importance and priority of the layer. As
packets at different layers have different effects on
the playback quality, we set the higher priority to the
lower (more important) layer packets and set the
lower priority to the higher (less important) layer
packets. Thus, important layer packets should be
transmitted earlier, with more chances to be
transmitted to client buffer for higher playing back
quality. Packets in the same layer are served
according to LLF scheduler. The detailed description
of the algorithm is given as follows.

Layer-based LLF real-time scheduling algorithm :

Step 1: Compare the current time ty, with the
deadline D(x) of the packets in the server
transmit buffer. If t,,, > D(x), remove the
packet from the server transmit buffer.

Step 2: Let T = set of ready packets with the lowest
layer in the server transmission buffers.
Calculate the least-laxity value Ly(y) for
each frame set T from frame number X = 1
to N (where N is the maximum buffer size in
server.)

Step 3: Select the smallest least-laxity value LTy(y)
packets from T and send it to the client via
the network.

Step 4: Set the release time as the current time, to,, =
tcur + Px(y)-

Go to Step 1.

The LB-LLF scheduling algorithm has two key
points. First, it selects the packets from the lowest
layer in ready state, the important packet to be sent
by the server will transmit much earlier than its
playback time, and this important packet will have
more chances to be transmitted to the client buffer for
displaying. Second, it calculates the least-laxity value
for each frame set from frame number X =1 to N and
services the packet of the smallest laxity set. In
real-time constraint, unequal priorities of scalable
media stream in different layers and achieving a good
trade-off between coding efficiency and drifting error
are considered in the proposed algorithm. This
guarantees the better usage of available channel
bandwidth and the smoother playback in client.

5. Experimental Results

We use the Microsoft H.26L-PFGS and the JVT
JM 2.0 encoder/decoder to generate the simulation
data. It is an efficient scalable coding scheme with
fine granularity scalability, where the base layer is
encoded with H.264, and the enhancement layer is
encoded with PFGS coding. For comparison



performance of the scheduling algorithms in the
given channel bandwidth, we set the base layer as the
highest priority that can get all the base layer data
without any packet losses. In the experiment, the
sequence Foreman in QCIF format is used. It is
encoded with 25 frames per second and 200 frames
are encoded and transmitted by the proposed
scheduler. Because the maximum level of bit-plane is
4 in the Foreman sequence, there are 4 layers in the
Enhancement layer. Different enhancement layer
bit-plane has different frame size. The sizes of the
enhancement layers in the first 50 frames are shown
in Figure 3. The enhancement layer 1 (Enhl) is the
smallest in size, but it is the most significant layer.
The enhancement layer 4 (Enh4) is the largest in size,
but it is the least significant layer. The average rate of

video data with all enhancement layers is 872.5 Kbps.

The transmission buffer size is set to 25. The
playback frame rate is 25 frames per second. The
scheduling time is 0.1ms. The channel bandwidth is
various from 100 to 1800 Kbps.

Figure 4 shows comparisons of PSNR among
H.263, MPEG-4, H.264, and H.264 Layer-Based
system with various bit rates from 100 to 1800 Kbps.
With the H.264 Layer-Based system, the

experimental results of the average PSNR is 34.71 dB.

It improves about 0.95 dB over a H.264 system, 4 dB
over a MPEG-4 system, and 6.44 dB over a H.263
system. The gains mainly result from the better
average encoding performance which can be
observed in Figure 4 from the high probability of
relatively good decoded PSNR, e.g. in more than
70% the decoded PSNR is above 2 dB for H.264 over
MPEG-4. And the PSNR of H.264 with Layer-Based
is still better than the PSNR of H.264. As mentioned
above this improvement guarantees the effective
usage of available channel bandwidth and the better
quality of playback in client.
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Figure 3: The bit size of the enhancement layers
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6. Conclusions

In this paper we proposed and implemented a
simple and effective real-time layer-based scalable
video communication system. Our proposed system
uses Progressive Fine Granularity Scalable (PFGS)
scheme to encode the enhancement layer and H.264
to encode the base layer. The adaptive Layer-Based
Least-Laxity-First (LB-LLF) scheduling algorithm is
also presented to improve the output quality of video
over network and to achieve better playback quality.
The proposed algorithm considered real-time
constraint, unequal priorities of scalable media
stream in different layers, and a good trade-off
between coding efficiency and drifting error. The
experimental results show that subjective quality of
the video stream is significantly improved using our
methods.
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