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ABSTRACT

This paper provides an overview of the emerging wireless
communication standards, end-to-end wireless streaming
systems, and relevant wireless multimedia technologies. It
highlights some of the challenges in the deployment of 3G
wireless multimedia services, using PacketVideo's solutions as
an example.

1 INTRODUCTION

For years, the internationa community has anticipated the
arrival of products to enable visual communication and rich
multimedia experiences anywhere and at anytime. NTT
DoCoMo, Japan's largest wireless operator, launched the
world’s first fully commercial 3G services on its 3G system
FOMA (freedom of mobile multimedia access) on October 1,
2001. With high transmission speeds of up to 384 kilobits per
second, the system can carry a video service referred to as “i-
motion” that is an extension of the popular “i-mode” service
[20]. Several US and European wireless operators have aso
unveiled their plans to deploy 2.5G (GPRS or CDMA2000 1X)
or 3G (EDGE, W-CDMA, CDMA2000 1xEV-DO, etc.)
networks in 2002 or 2003. Many of the major handset
manufacturers are expected to offer 3G handsets in 2002. With
the development of the 3G network infrastructure, emerging
wireless communication standards and products, wireless
multimedia applications and services are imminent and are
poised to significantly change the way we live.

This paper provides an overview of the emerging wireless
communication standards, end-to-end wireless streaming
systems, and relevant wireless multimedia technologies. We
will highlight some of the challenges in the deployment of 3G
wireless multimedia services, using PacketVideo's solutions as
an example.

2 WIRELESSSTREAMING STANDARDS

Interoperability is a crucid requirement in the
telecommunication industry. One of the key enablers to
interoperability is the existence of open standard
recommendations. In the case of wireless streaming multimedia,
there are a number of well-developed component standards that
cover video and audio compression, and packet-based
communication. Some of the most important standards for
wireless streaming are briefly described here.

2.1 Video and Audio Coding Standards
211 MPEG-4 Visual

The MPEG-4 video compression standard, known as MPEG-4
Visual [1], is quite broad in terms of bitrates and functionalities
supported. Some of the most important functionalities are
scalability, error resilience, and object-based coding.

MPEG-4 Visual can be separated into Profiles and Levels.
The most prevalent use of MPEG-4 for wireless applications
centers around the Smple Visual Profile and the Smple
Scalable Visual Profile because of the computational resources
and data rates associated with wireless handsets today. The
Smple Visual Profile provides efficient, error resilient coding
of rectangular video objects. The Smple Scalable Visual Profile
adds support for coding of temporal and spatial scalable objects
to the Smple Visual Profile.

212 MPEG-4 Systems

MPEG-4 Systems [2] consists of several key components for
transmitting and communicating MPEG-4 audio and visual
information for different purposes. It covers scene description
for the presentation of audio-visua objects, an object
description framework, intellectual property rights management
and protection (IPMP) framework, demultiplexing of multiple
compressed bitstreams, management of the receiving terminal’s
buffers, and time identification.

One of the components of MPEG-4 Systems is the MP4 File
Format, which is designed for the storage and streaming of
MPEG-4 audio and visual information. Another important
component of MPEG-4 system is IPMP extensions [3]. It is
aimed at allowing the same IPMP protected content to be
consumed on MPEG IPMP compliant devices from different
vendors and the same content to be protected by different
vendors' standard compliant tools.

213 Speech and Audio Coding Standards

The focus of the wireless multimedia standardization
community has been on existing speech codecs for cellular
communications. A number of codecs outside of MPEG-4 have
been adopted by implementers for rea time communication
over wireless networks. Two such codecs are AMR [4]
supported by the GSM and 3GPP community [6] and EVRC [5]
supported by CDMA and 3GPP2 community. MPEG-4 audio
includes several audio codecs, including MPEG-4 AAC, to
support higher bandwidth and scal able audio communi cation.
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2.2 Wireless M ultimedia Forum (WMF)

The goals of this forum include establishing technology
consensus around a set of protocols that are suitable for use in
streaming multimedia over a wireless network. The consensus
of technical experts from a group of companies that are
recognized as market leaders in the content, wireless
distribution, and terminal equipment industries has been used
to identify this set of streaming protocols. The first set of
identified protocols has been documented in the Recommended
Technical Framework Document (RTFD) Version 1.0 [7] which
serves to facilitate and guide other standard bodes
recommendations for wireless streaming.

2.3 3GPP and 3GPP2

One example of convergence in standards driven by WMF is the
fact that both 3GPP and 3GPP2, the 3" Generation Partnership
Projects which are the most important organizations for defining
specifications for use by 3G wireless carriers and terminal
manufactures, have recommended specifications for streaming
service which are subsets of the WMF RTFD 1.0 with respect
to video and speech codecs. WMF and the 3GPPs have worked
together and influenced one another to guarantee that the
specifications devel oped by these bodes are harmonized. Among
others, 3G-324M is a standard way developed by 3GPP to
enable video communication over 3G.

2.4 |ETF Streaming Protocols

The Internet Engineering Task Force (IETF) is a voluntary
standards body that is dedicated to making recommendations for
how to communicate information over the IP networks. The
IETF has recommended a number of methods based on RTP [8]
and RTSP [9] for the delivery of video bitstreams with
synchronized audio from a server to aterminal.

RTP is an application layer component that utilizes UDP, a
“best-effort”,  connectionless protocol, as a transport
mechanism. It is therefore suitable for delivering data that must
arrive without delay. RTP includes a sub-component known as
RTCP (Real Time Control Protocol) that is used to control
performance information between a server and a client. RTSP
is a session-oriented protocol that is transported over TCP
between the server and the client. It uses SDP [10] to carry al
descriptive information associated with the streaming session.

3 WIRELESSSTREAMING SYSTEM
OVERVIEW

Fig. 1 shows an overview diagram of a typica wireless
streaming multimedia system. It comprises three major
subsystems, i.e, content creation subsystem, multimedia
distribution subsystem, and multimedia terminal subsystem.
Each major subsystem is divided into mandatory features that
are needed to guarantee interoperability in the network, and
optional features that will lead to better performance and user
experience in a deployed system. As a whole, the system

illustrated herein is fully compliant with WMF RTFD 1.0 and
can be used to generate a system to interoperate with the 3GPP
and 3GPP2 recommended streaming multimedia terminals.

In the next section, we use PacketVideo's technologies as an
example to highlight some of the most challenging issues in the
deployment of a wireless multimedia streaming system.
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Fig. 1: Wireless streaming multimedia system overview.

4 PACKETVIDEO’STECHNOLOGIES

PacketVideo has developed technologies specificaly for
wireless multimedia applications. The technologies can be
roughly categorized into two categories: agorithmic
optimization and implementation/architectural optimization.

4.1 Algorithmic Optimization

For an end-to-end wireless multimedia streaming system,
a gorithmic optimization includes encoder optimization, decoder
quality optimization, and joint source-network optimization.

41.1 Encoder Optimization

For content creation, a number of signal processing functions
such as source noise pre-filtering, scene change detection, and
rate control are critical for achieving good quality of the
compressed video. Among others, rate control is a central piece
for video codecs to achieve consistent good quality across the
whole sequence under the channel bandwidth and buffer
constraints. One of the challenges in rate control for wireless
multimedia applications is to be able to handle video sequences
of varying characteristics in a simple and coherent way. We
have devel oped a sequence based hit allocation framework with
the capability of tracking the non-stationary characteristics in
the video source without look-ahead encoding [11]. Such rate
control solution can achieve constant quality video with less
quality flicker and motion jerkiness. Fast rate-distortion
optimized coding mode selection and motion estimation has
also been devel oped to further improve the video quality.

The MPEG-4 visual specification provides error detection,
localization and robust entropy coding tools to improve the
bitstream’s resilience to transmissions errors. Bit errors in the
received bitstream are localized through the use of
resynchronization markers. The resynchronization markers
bound the data into “video packets’, with packet header
inserted, which allows independent decoding of each packet and
prevents error propagation between packets. One tool within the
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MPEG-4 standard that is especially useful for localization is
“data partitioning”. With this syntax, the motion information is
separated from the texture information, which facilitates the
recovery of the more important motion vector information in the
case of bit errors, as will be discussed in the next sub-section.

4.1.2 Decoder Quality Optimization

The decoder components are equally important to the generation
of good quality video on handheld 3G terminals, especialy for
video delivery over error prone wireless channels.

In MPEG-4, the implementer has control over several key
components in a video decoder that are outside the scope of the
standard. PacketVideo differentiates its implementation of the
MPEG-4 decoder by implementing special patent pending
agorithms in the Bitstream Decoder and in the Post-Processor.
In the Bitstream Decoder, the detection, localization,
containment and concealment of errors is one of the most
crucial components of PacketVideo technology for wireless
video. PacketVideo algorithms also address compression
artifacts with solutions for the complex post-processing
problem, which is critical to the subjective quality of decoded
video, especially at lower bitrates.

As mentioned before, one tool within the MPEG-4 standard
that is especially useful for localization is “data partitioning”.
With this syntax, when motion vectors are correctly
reconstructed but errors are detected in the texture component,
it is possible to use only the motion vector information to re-
create the decoded image. When errors are detected in the
motion data, PacketVideo algorithms recover lost motion vector
information via smart bitstream decoding, which is then used
for concealment. This “mation-compensated conceal ment”
approach results in decoded video that hides serious artifacts
from the viewer. This PacketVideo error resilience technology
isknown as Signal TrackD [15].

Fig. 2 shows the effects of burst errors applied to an MPEG-
4 simple profile video. PacketVideo SignalTrackO algorithms
are used on the right to recover and conceal the errors, while the
decoder on the left simply resynchronizes after errors, and
continues to decode. This clearly shows the benefit of
PacketVideo error resilient decoding techniques.

R o iy . N
Figure 2: Example of MPEG-4 decoding without PacketVideo
error recovery and concealment (left) vs. PacketVideo error

resilient decoding (right) in a 10 avg. BER W-CDMA channel.

4.1.3 Joint Sour ce-networ k Processing

In addition to error resilience, wireless multimedia delivery
faces several other challenges, especialy in dealing with
bandwidth variations [16]. Wireless channel bandwidth can
vary significantly, depending on the signal strength and

interference level that a user receives. As a result, as a user
travels through different parts of the cell, different bandwidths
may be dynamically assigned to the user. In addition,
depending on the quality of service (QoS) capability of the
wireless network, multi-user sharing of the wireless channel
with heterogeneous data types can also lead to significant user
channel bandwidth variation. This bandwidth variation can
further lead to network buffer overflow and hence packet loss.
Finally, data transmission can be interrupted completely due to,
e.g., cell reselection/handoff process, resulting in transmission
gaps ranging from a fraction of a second to several seconds.
This unpredictability of available wireless channel bandwidth
introduces high delay jitter for the multimedia streaming data.

QoS guarantee in a wireless network is often costly, if not
impossible, since the capacity of awireless network is related to
the uncontrollable RF condition. To deal with such issues,
technologies such as dynamic rate control (DRC) based on
estimated network bandwidth, selective retransmission [17],
and streaming in advance need to be empl oyed.

PacketVideo's FrameTrackd technology [15] deals with
limited or soft QoS provisioning environments and provides the
ability to dynamically manage wireless media traffic on a
network or per subscriber basis, thereby provides good video
quality even in the error-prone wireless environment. It does so
by making use of MPEG-4 temporal scalability provision and
automatically and dynamically adjusts the streaming bit rate in
the presence of channel fluctuation through DRC to ensure the
best user experience for each customer.

FrameTrack(d is an end-to-end joint source-network-
terminal processing process. Figure 3 illustrates FrameTrackd
with RTCP feedback control. First, content is encoded with
PVAuthor using MPEG-4 temporal scalability. During
streaming, PVPlayer monitors many different aspects of the
PacketVideo stream to detect packet loss and fluctuations in
bandwidth and communicate them through RTCP reports to the
streaming module. The streaming module then uses a unique set
of algorithms, specifically designed for wireless networks, to
makes a rate decision and regulate the frame rate. The result is
uninterrupted video streaming at decent quality. With
FrameTrack , one encoded MPEG-4 file can be used to deliver
multiple streams at multiple bit rates to multiple devices.

Another way to deal with channel bandwidth variation is,
abeit at the cost of storage overhead, to do dynamic bitstream
switching among multiple bitstreams with different bit rates.
PacketVideo has devel oped fast intelligent switching algorithms
to reduce the drifting artifacts caused by bitstream switching.
With such intelligent switching, more complex solution such as
the SP frame solution [18] may not deem necessary. The general
concept of rate-distortion optimized streaming [19] can also be
exploited to further improve the performance.

4.1.4 Format Compliant Selective Encryption and
Shuffling

One important component in the MPEG IPMP system is access
control.  One common method for access control is through
encryption and/or shuffling. However, the traditional bitstream-
structure-agnostic  wholesale  encryption  approach  poses
significant problems handling challenges in today's content
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production to consumption food chain, especially in the
capability of providing a flexible complexity/security tradeoff,
network friendliness, and error resiliency of the protected
bitstream. In addition to the above challenges, there are other
desirable features such as applicability of various signa
processing such as compressed domain watermarking, random
access, scene change detection, etc. to the encrypted bitstream
(without decryption) in the various links of an end-to-end chain.
To meet these requirements, PacketVideo has developed a
format compliant selective encryption and shuffling framework
for access control of compressed content [12][13][14] that has
been recently adopted into MPEG4 IPMP extensions [3]. It is
parametrically configurable and is capable of maintaining full
bitstream format compliance (therefore inheriting the important
properties of scalability and error resilience of the standards)
while providing the desired complexity/security trade off
suitable for the content, platform, network, and application.

4.2 Implementation Optimization

At the heart of PacketVideo solutions are optimal
implementations of standards and agorithms for audio, video
and communication. One of the key differentiators of
PacketVideo technology is its ability to effectively run on many
different hardware platforms. In addition to algorithmic
optimization, PacketVideo has been developing software-based
solutions that focus on core software architecture optimization,
C source code optimization, RTOS (real time operating system)-
dependent optimization, and processor-specific optimization.
Each of these stages of optimization leads to a final product in
the most appropriate form for the various hardware platforms
used in the wireless multimedia space. In particular,
PacketVideo technol ogy focuses on devel oping optimal software
libraries that can be used to implement encoders and decoders
on many embedded platforms with limited memory and
processing power. Potential computationally expensive parts are
made modular so that they can be optimized for specific
processors, platforms, and RTOS's.

With respect to MPEG-4 delivery, Fig. 3 shows three of
PacketVideo's products, and their interaction. Not shown are
the PVServer infrastructure service features optimized for
multimedia delivery in a wireless carrier's network. The
system is compliant with WMF/3GPP and is built around
PacketVideo' s QualityTrack™ technology [15].

5. CONCLUSION

This paper highlights that, through a strong concentration on the
use of international standards, wireless multimedia technol ogy
may be used successfully to interoperate between different
vendors solutions. An overview of the end-to-end wireless
streaming systems is given, and some of the challenges in the
deployment of 3G wireless multimedia services are discussed.
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Figure 3. PacketVideo products and their interaction.
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