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This paper reviews practical video delivery technologies, exam-
ining existing mobile networks, commercialized or standardized
transport, and coding technologies. Compression efficiency, power
dissipation, and error control are intrinsic issues in wireless
video delivery. Among these issues, error control technologies are
evaluated at four layers: 1) layer-1/2 transport; 2) end-to-end
transport layer such as TCP/IP or RTP/UDP/IP; 3) error-re-
silience tool and network adaptation layer) and 4) source coder
layer. Layer-1/2 transport tends to provide two distinct conditions:
one quasi-error-free, in which upper layer error control technolo-
gies show a limited improvement, and one with a burst of errors
during the fading period, in which the adaptability of error control
is essential. Emerging mobile network quality of service will have a
large variation of bandwidth and delay. Thus, adaptive rate control
and error recovery are identified as more crucial issues for future
research.

Keywords—Error control, image compression, mobile networks,
rate control, wireless video delivery.

I. INTRODUCTION

The rapid growth of wireless communication and net-
working protocols, such as 802.11 and cellular mobile
networks, is bringing video into our lives anytime, any-
where, on any device. However, wireless video delivery
faces several challenges, such as high error rate, bandwidth
variation and limitation, battery power limitation, and so on.
This paper presents the latest technology for wireless video
content delivery.

Media coding over wireless networks is governed by two
dominant rules. One is the well-known Moore’s Law, which
states that computing power doubles every 18 months.
Moore’s Law has been at work for codec evolution, and
there have been huge advances in technology in the ten
years since the adoption of MPEG-2. The second governing
principle is the huge bandwidth gap (one or two orders
of magnitude) between wireless and wired networks. This
bandwidth gap demands that coding technologies achieve
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efficient compact representation of media data over wireless
networks. Obviously, the most essential requirement for
“wireless video” is coding efficiency.

Unfortunately, Moore’s Law continues to increase tran-
sistor budgets. We all know that clock speed is a key means of
increasing CPU performance, but every time the clock speed
goes up, so does the power. If media coding power dissipa-
tion increases beyond a modest 100 mW (that corresponds
to Wireless Local Area Network (WLAN) IEEE 802.11 re-
ceiver power consumption), it will be hard to implement the
media application in portable devices. Hardware solutions
are reported in [1], but power control optimization issues re-
main.

In addition to coding efficiency and power dissipation,
error resilience is an important issue, since mobile networks
generally cannot guarantee error-free communication during
fading periods. Fig. 1 shows a functional block diagram for
wireless video communication with respect to error control.
The diagram shows four layers: the layer-1/2 transport,
which corresponds to physical and media access control
(MAC) layers; an end-to-end transport layer such as TCP/IP
or RTP/UDP/IP; an error-resilience tool and network adap-
tation layer such as H.264 NAL [2]; and a source coder
layer. To provide error robustness, we can take a number of
approaches, combining the four layers. Fig. 2 introduced in
[3] illustrates qualitatively the reconstructed video quality
depends on redundancy in the data. This is required to
protect and recover the transmitted video at the four layers.
The figure shows that as the channel error rates increases,
a higher amount of redundancy should be allocated for
error control. Intuitively, error control in wireless video
transmission is concerned with how and what redundancy is
allocated to each layer.

The literature on this subject is plentiful. Recent reviews
that have appeared in [3], [4], and others cover recent coding
technology [5], transport, and error control technologies
[6]–[8] in their proceedings. In this paper, therefore, we try
to provide a practical insight into wireless video delivery
through the investigation of characteristics of existing mo-
bile networks, commercialized or standardized transport,
and coding technologies.
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Fig. 1. Functional block diagram for wireless video communication.

Fig. 2. Video quality versus redundancy in error-prone
environments (modified from [3]).

In the following sections, we will examine the redun-
dancy that is added to each layer. This paper is structured
as follows. Section II introduces generation of mobile net-
works and transmission characteristics of recent wireless
link technologies. We see that layer-1 and -2 transport
tends to provide two distinct conditions: quasi-error-free
and burst errors during a fading period (see also “quasi no
error” and “severe error” in Fig. 2). Section III provides
an overview of end-to-end transport technologies by taking
visual telephony, packet streaming services, and multimedia
messaging service (MMS) in the Third Generation Part-
nership Project (3GPP) standards as examples. Section IV
introduces MPEG-4 error-resilience tools for bit errors and
H.264 network adaptation tools for packet-loss errors. We
also evaluate these technologies in view of existing layer-1
and -2 characteristics. Section V discuss future directions
for wireless video delivery.

II. RECENT MOBILE NETWORKS

We have experienced three mobile network generations:
analog [first generation (1G)], digital [second generation
(2G)], and third generation (3G), which is characterized by
its ability to carry data at much higher rates. The technical
distinctions and definitions of 1G–3G mobile networks are
more fully developed in [9] and [10]. In this section, we
see the following observations about the recent and future
mobile networks.

• Radio access networks (RANs) using different tech-
nologies are going to be integrated into one IP network

in the future beyond 3G. The heterogeneity of RANs is
the key issue to tackle.

• The state-of-the-art mobile networks try to preserve a
very low error rate by controlling available bandwidth.
When being out of control limit, they result in periods
of high error rate (that is, burst errors).

• According to 3GPP wide-band code division multiple
access (W-CDMA) standards, link error quality in toll-
quality services is generally very high.

Regarding the heterogeneity of RANs, it is commonly be-
lieved that the next generation mobile network [fourth gen-
eration (4G)] will operate on Internet technology combined
with various access technologies such as WLAN. It will run
at speeds ranging from 100 Mb/s in cellular networks to 1
Gb/s in hot-spot networks [11]. In order to ensure connec-
tion ubiquity together with high bandwidth and mobility, the
network architecture must be heterogeneous rather than ho-
mogeneous. 4G technologies include management of han-
dovers (within the same RAN technology, and across dif-
ferent RAN technologies) and, thus, involve alternation of
network quality of service (QoS) (e.g., bandwidth, delay).
In the following sections, we see how network QoS varies
within the same RAN.

A. QoS Trends: A Large Variation of Bandwidth and Delay

Table 1 summarizes layer-1 and -2 characteristics of ex-
isting RANs. The technical details are beyond the scope of
this paper, but note that the trend in the emerging access
networks is for use of “adaptive modulation and coding”
(AMC).

Fig. 3 shows the principle of AMC. It adaptively changes
the level of modulation [e.g., binary phase shift keying
(BPSK), quadrature phase shift keying (QPSK), 8-PSK,
16-quadrature amplitude modulation (QAM)] and so on)
and amount of redundancy for error correction code. Higher
level of modulation (e.g., 16-QAM) with no error correction
code can be used by users with good signal quality (close
to the base station) to achieve higher bandwidth. Lower
level of modulation (e.g., BPSK) with more redundancy
for error correction is used by users with bad signal quality
(in cell edge) to keep the channel condition, accepting
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Table 1
Layer-1/2 Comparison of RANs

Fig. 3. HSDPA layer-1-2 control.

lower bandwidth available. In high-speed downlink packet
access (HSDPA), for example, turbo code is used for error
correction code with a rate varying between 1/3 and 1, and
QPSK, 8-PSK, 16-QAM, and 64-QAM can be used for its
modulation scheme.

In addition to AMC, HSDPA has the following technical
features.

• Hybrid automatic repeat request (H-ARQ): This is a
combination of retransmission control (ARQ) and for-
ward error correction (FEC). When retransmitting a
packet, either Type-I or Type-II H-ARQ can be used.
The original packet is retransmitted in Type-I H-ARQ,
and a redundant packet that is different from the orig-
inal packet is transmitted in Type-II H-ARQ.

• MAC layer packet scheduling: Since multiple mobile
terminals share the same HSDPA channel, a base sta-
tion can flexibly schedule which terminal’s packet to
send, considering fairness and total throughput.

These technologies enable high throughput up to approxi-
mately 14 Mb/s, and we expect this to facilitate high bit-rate
video service in a wireless environment.

Although this discussion focuses on the control of
HSDPA, this concept could be equally applicable to
1xEV-DO and WLAN. The idea is to limit the number of
link errors by adjusting the dedicated bandwidth through

the AMC. The difference is that W-CDMA also adjusts
the spreading factor and the number of multiplexing
spreading codes. Regarding adaptive modulation, 1xEV-DO
and WLAN have a similar strategy. Typically, the av-
erage bit-error rate (BER) requirement is set beforehand,
depending on the class of application. The adaptive modu-
lation is applied to ensure the QoS that is evaluated directly
by signal-to-interference ratio (SIR) or indirectly measured
by BER. Layer-1/2 transport control generally provides
two distinct states, quasi-error-free and burst errors during
fading periods, while there is a large variation of bandwidth
and delay.

B. QoS Control Examples: W-CDMA

The protocol architecture of W-CDMA is shown in Fig. 4,
[21]. Only the U-plane, which transmits user data, is shown
in this figure; the C-plane, which deals with control signals
is omitted for simplicity. The upper part of the figure shows
typical application examples in W-CDMA. The next part
represents layer-2, composed of three sublayers, packet data
convergence protocol (PDCP), radio link control (RLC),
and MAC. The lower part shows layer-1 physical channels
(PHY).

There are two types of services, circuit switched and
packet switched. Voice call, video call using 3G-324M
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Fig. 4. W-CDMA L1-2 protocol stack.

(described in the next section), and unrestricted digital in-
formation (UDI) bearer service (equivalent to ISDN bearer
service) are examples of circuit-switched services. Voice
over IP (VoIP), multimedia streaming, and data service
including messaging and Web browsing are examples of
packet-switched services. The PDCP sublayer, which is
applied only to packet-switched services, works to hide
the differences of higher layer protocols from the lower
layers, and provides services such as header compression
for efficient packet delivery.

The RLC sublayer provides fragmentation/reassembly
mechanisms from the data unit of the upper layers (that is,
IP) into RLC-PDU, which is the data unit of W-CDMA
transmission. It also provides error detection, orderly packet
delivery, link-layer retransmission, and so on. It offers the
following three transmission modes.

• Transparent mode: This mode provides only fragmen-
tation/reassembly mechanisms without any header in-
formation and padding. This is mainly used for the cir-
cuit-switched service.

• Unacknowledged mode: This mode performs error de-
tection as well as fragmentation/reassembly. The data
units in which bit errors are detected are dropped at the
receiver side. Since it offers no link-layer retransmis-
sion, it can be applied only to a packet-switched service
that has strict delay restriction.

• Acknowledged mode: In addition to fragmentation/re-
assembly and error detection, this mode provides
link-layer retransmission and orderly packet delivery.
A packet-switched service that allows some delay can
use this mode.

The MAC sublayer provides each RLC entity with a log-
ical channel, and maps the logical channels to layer-1 phys-
ical channels. The MAC sublayer also performs transmission
priority control according to the RLC buffer level and moni-
tors the amount of traffic.

Layer-1 provides various physical channels based on ser-
vice requirements and/or the radio resource condition. The
physical channels include the dedicated channel occupied by
one mobile terminal, the common channel shared by multiple
terminals, the HSDPA channel, and so on.

In order to support various types of services, 3GPP defines
four QoS classes; conversational, streaming, interactive, and
background [22]. The QoS class used for each service type
is determined by network operators. Typically, delay-sen-
sitive services including circuit-switched service and VoIP
are assigned to the conversational class, packet-streaming
services requiring a certain bit-rate guarantee are assigned
to the streaming class, and best-effort and delay-insensitive
services such as Web browsing and messaging are in the
interactive class or the background class. QoS class assign-
ment is initiated by the terminal. The terminal requests the
network layer to set up network layer bearers. In GPRS and
W-CDMA packet networks, this process is called Packet
Data Protocol (PDP) context activation. According to the
3GPP QoS model, different terminal applications may re-
quest differentiated QoS from the network according to the
application needs, assuming that the network supports the
QoS class.

As for the selection of unacknowledged and acknowledged
modes, Fig. 4 shows just one example, mapping of services
to the RLC modes through PDCP, which is an operator’s
implementation matter. Generally speaking, layer-2 retrans-
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Table 2
QoS Suggested by 3GPP Standards

mission works only for wireless link errors, while applica-
tion layer-7 retransmission works for both packet loss due to
network congestion and wireless link errors. If a moderate
amount of delay, say one second, is allowed, the acknowl-
edged mode should be used, since a typical round-trip time
(RTT) at W-CDMA layer-2 is typically below 100 ms while
that of layer-7 RTT is several hundred ms. If the service al-
lows a longer delay, layer-7 retransmission should also be
considered. We will see its usage later as RTP retransmission.

Among the above-mentioned services, the video-related
services require higher channel quality compared with the
values seen in a number of research papers. For example, ac-
cording to the results in [23], the quality of a video call using
3G-324M in circuit-switched service (AV bearer) shows
unacceptable scores in the neighborhood of BER 1e-3,
and a BER 1e-4 or better channel quality is required. Ac-
cording to [24], a packet-loss rate (PLR) of 1e-3 at transport
layer is required for packet-switched conversational service
(PSC). For these services, the required quality is satisfied
by the transmission power control (TPC). Packet-switched
streaming service (PSS), on the other hand, requires PLR
1e-4 or below [25] at transport layer. Since the streaming
service tolerates a delay of up to a few seconds, the required
PLR is easily satisfied by the link-layer retransmission of
RLC acknowledged mode. Moreover, because of compati-
bility with ISDN bearer service, a UDI bearer service should
satisfy BER 1e-6. Table 2 summarizes the required QoS in
terms of link error.

We believe that the channel quality described above
is necessary for providing toll-quality video service (in
other words, those show practically operational QoS) and
that video transport technologies which show a limited
improvement only in poor radio conditions (more than a
few percent of PLR), do not make any industrial sense.
Currently, the best way to provide toll-quality video service
is to allocate the redundancy mainly to layer-1/2 and secon-
darily to end-to-end transport such as H.223 and Real-Time
Transport Protocol (RTP)/RTP Control Protocol (RTCP).
If we develop new upper layer technologies that guarantee
toll-quality service, even in the environment of a few percent
PLR, the redundancy should vary so that it can lead to a
more efficient radio resource utilization. This discussion
will be also related to cross-layer optimization.

III. EXISTING TRANSPORT STANDARDS FOR WIRELESS

VIDEO DELIVERY

This section introduces examples of end-to-end transport
layer technologies, illustrated in Fig. 1. 3GPP has standard-

ized three types of visual content delivery services and tech-
nologies. These are:

1) circuit-switched multimedia telephony; [26]
2) transparent end-to-end packet-switched streaming

[27];
3) MMS [28].

A. Multimedia Telephony Service

The 3G-324M standard was developed for cir-
cuit-switched multimedia telephony service (visual phone),
and it is applied to speech [adaptive multirate (AMR)]
and video codecs, the communication control unit, and the
multimedia multiplexing unit. The video codec requires
the H.263 baseline as an essential capability and recom-
mends MPEG-4 support. The support of H.223 Annex B,
which offers improved error resilience, is mandatory for
the multimedia multiplexing unit. While various media
coding schemes can be used in 3G-324M by exchanging
the terminal capability through the use of communication
control procedures, and by changing the codec setting upon
the establishment of logical channels, 3G-324M defines a
minimum essential codec to ensure interconnection between
different terminals. For the video codec, 3G-324M specifies
the H.263 baseline (excluding the optional capabilities)
as the essential video codec (as is the case for H.324). It
also recommends the use of MPEG-4 video to deal with
transmission line errors unique to mobile communications.
For error resilience, multimedia multiplexing functionality
is enhanced in this standard. The multiplexer also provides
transmission service according to the type of information
(such as QoS and framing). H.223, the multimedia mul-
tiplexing scheme for H.324, satisfies the requirements by
adopting a two-layer structure consisting of an adaptation
layer and a multiplexing layer. The 3GPP extension adds
error-resilience tools step by step to ITU-T’s original H.223,
so that error-resilience levels can be selected according to
the transmission line characteristics.

Three adaptation layers are defined according to the type
of the higher layers.

• AL1: For user data and control information. Error con-
trol is performed in the higher layer. Iterative retrans-
mission will be applied for reliable transmission.

• AL2: For voice. Error detection and sequence numbers
can be added.

• AL3: For video. Error detection and sequence numbers
can be added. ARQ is applicable.

NTT DoCoMo, Tokyo, Japan, launched visual phone ser-
vice in 2001 for their 3G network, W-CDMA, where it pro-
vides a 64-kb/s circuit switch connection that is compatible
with N-ISDN. Note that H.223 contains fundamental and es-
sential error control features: synchronization, error detec-
tion, FEC, ARQ, and data duplication. These are combined
for better error resilience depending on the type of payload:
data, voice, or video. H.223 is designed mainly for an error
prone circuit switch connection environment, although its de-
sign is general in terms of payload adaptation and associated
error control. For further technical discussion see [29].
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Fig. 5. 3GPP packet streaming.

B. PSS

When considering most typical applications over the
Internet and IP-transparent seamless connectivity, media
streaming will certainly be based on a packet switch con-
nection, whereas a combination of Internet Engineering
Task Force (IETF) standards such as RTP [30] will be used
over mobile networks. Packet-based streaming services are
required whenever instant access to multimedia information
must be integrated into an interactive media application, so
that a Web server can work with requests for information, de-
liver that particular information as fast as possible, complete
the transaction, disconnect, and go on to other requests. A
client connects to a Web server only when it needs informa-
tion. A 3GPP standard, transparent, end-to-end PSS (3GPP
PSS) has been specified to fulfill these considerations.

Fig. 5 shows packet-based streaming protocol stacks stan-
dardized in 3GPP for a W-CDMA network. The media types
specified in this standard are very similar to 3G-324M. For
session control, however, RTSP [31] and SDP [32] are used.
For the media transport protocol, RTP is used. RTCP reports
to the sender the reception status of images and audio trans-
mitted with RTP to control the service quality.

Media transport technologies should differ for each type
of wireless link. For real-time video conferencing over the
circuit-switched network, we use 3G-324M for the error
control. H.223 is a very sophisticated multiplexing scheme
for bit errors, but it cannot be used for packet streaming
in which packet loss (packet erasure) is a problem. For
robustness with respect to packet loss, we must abandon
the idea of “joint source-channel decoding” (the H.324
approach), where the receiver tackles bit-erroneous packets
using source coding knowledge.1 Moreover, streaming ser-
vices are allowed to have somewhat more latency, while
real-time video conferencing has a strict latency constraint,
such as 200 ms. Among the error control fundamentals,

1The exception is the approach taken by proponents of the UDP-Lite Pro-
tocol [33] and related schemes [34]. They proposed UDP-Lite as benefiting
from having damaged data delivered rather than discarded by the network,
where an intermediate layer prevents error-tolerant applications from run-
ning well in the presence of bit errors. Roughly speaking, UDP-Lite is equiv-
alent to AL2 and AL3 of H.223.

synchronization and error detection are solved by an under-
lying transport-layer protocol stack such as RTP/UDP. FEC,
ARQ, data duplication and other techniques such as data
interleaving and unequal error-resilience packetization are
relevant in some ways to packet-loss resilience [35]. We will
discuss those techniques later, and focus on the standardized
protocols here to see how the error control protocols work
for packet-based media streaming.

Real-time media streams that use RTP are, to some de-
gree, resilient against packet losses. RTP provides all the
necessary mechanisms to restore the ordering and timing
that are present at the sender in order to properly reproduce
a media stream at the recipient. RTP also provides con-
tinuous feedback about the overall reception quality from
all receivers, thereby allowing a sender in the midterm (on
the order of several seconds to minutes) to adapt its coding
scheme and transmission behavior to the observed network
QoS. To give a packet-based streaming server finer error
control, an extension of RTCP [36], [37] has been standard-
ized and is now being adapted to the 3GPP PSS. With this
extension, RTP makes a provision for timely feedback that
would allow a sender to repair the media stream immedi-
ately through retransmissions, retroactive FEC control, or
media-specific mechanisms for some video codecs, such as
reference picture selection. For example, we can realize a
retransmission method [38] for RTP applicable to unicast
and (small) multicast groups.

All necessary protocols underlying media adaptation are
included in 3GPP PSS and the emerging IETF standards. Re-
transmission control and media-specific mechanisms are left
intact as not standardized. We will examine specific mecha-
nisms in the following sections.

C. MMS

In MMS, multimedia content is delivered to the user asyn-
chronously by means of a message. At the time of writing
(late 2004), mobile picture mail services including MMS
have proved a major hit in recent mobile markets. The picture
mail service allows users to transmit still images from com-
patible mobile phones with built-in digital cameras to virtu-
ally any device capable of receiving e-mail. As one of the
3G services, the mail service is extended in Japan to enable
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users to e-mail video clips as large as several hundred kilo-
bytes taken either with the mobile device’s camera or down-
loaded from sites. For this application, ISO/IEC and 3GPP
standards have been adopted. The media types specified in
MMS are text, AMR for speech, MPEG-4 AAC for audio,
JPEG for still images, GIF and PNG for bitmap graphics,
H.263 and MPEG-4 for video, and scalable vector graphics
(SVG). The major technical issues in MMS are compression
efficiency and multimedia content wrapper (file format). The
file format specified by the MMS standard is the 3GGP file
format, which has the 3GPP file extension and is based on
the ISO media file format. A 3GPP file can contain multiple
media types but supports only one video track, one audio
track, and one text track for simplicity of implementation.

Apart from asynchronous messaging, there are two
methods of distribution between the multimedia informa-
tion distribution server and a mobile device: the streaming
method and the download method. The 3GPP standard-based
file format is now being also used for content download
service. The download method can use the file format for the
distribution of media clips. To minimize an initial playback
latency, the file format also supports progressive download,
which allows a terminal to start playback before the file
is fully downloaded. To do this, the media tracks must
be interleaved properly within the file, so that the client
receives short portions of each media type in turn. Here,
the download method requires a reliable communication
protocol between the multimedia information distribution
server and a terminal, even though some transmission delay
may be tolerable. Communication procedures that meet this
requirement include HTTP on TCP/IP, which is used widely
over the Internet.

There is a very interesting issue in TCP/IP file transfer
over wireless links. A typical RTT in recent mobile networks
varies between a few hundred milliseconds and 1 s, due to
effects from other users and from mobility [39]. Arriving
and departing users can reduce or increase the available
bandwidth in a cell. Increasing the distance from the base
station decreases the link bandwidth due to reduced link
quality, and by simply moving into another cell, the user
can experience a sudden change in available bandwidth.
Changing from a fast to a slow cell is normally handled
well by TCP’s self-clocking property. However, if upon
changing cells, for example, a connection experiences a
sudden increase in available bandwidth, that bandwidth can
be underutilized, because TCP increases the sending rate
slowly for congestion avoidance. A sudden increase in RTT
can cause a spurious TCP timeout. A delay spike is a sudden
increase in the latency of the communication path. Cellular
links are likely to experience delay spikes exceeding the
typical RTT by several times due to the link layer recovery,
handover, and blocking by high-priority traffic. In addition, a
large TCP window used in the fast cell can create congestion
resulting in overbuffering in the slow cell. In order to avoid
a lengthy recovery through retransmission timeouts, it is
necessary to specifically tune for a window large enough for
efficient loss recovery. IETF has specified a management
scheme as a best current practice. For the details, see [39].

Fig. 6. MPEG-4 error-resilience structure.

IV. ERROR-RESILIENCE TOOLS IN EXISTING VIDEO

STANDARDS

In the previous sections, we discussed standardized video
content delivery services over mobile networks, focusing on
transport and layer-1/2 technologies. Now we will discuss
error control and recovery technologies currently in use or
planned in the near future at source code layer.

A. MPEG-4 Video

MPEG-4 video2 error-resilience tools were developed on
the assumption that there is a benefit in having damaged data
delivered from H.223. At the source coder layer, these tools
provide synchronization and error recovery functionalities.
Fig. 6 summarizes MPEG-4 video.

• Resynchronization maker: This localizes transmission
errors by inserting resynchronization code in variable-
length coded data at the source coder layer.

• Data partitioning: This enables error concealment by
inserting synchronization code at boundaries where
different types of data (e.g., motion vectors and dis-
crete cosine transform (DCT) coefficients) meet in
coded data.

• Reversible Variable Length Code: Variable length code
that can be decoded from the reverse direction is ap-
plied to the DCT coefficient.

• Adaptive intrarefresh (AIR): This tool prevents error
propagation by performing intraframe coding fre-
quently on motion domains.

When considering the BER shown in Table 2 and burst bit
errors owing to W-CDMA turbo code, practical and efficient
tools are restricted. Recall the discussion on the two distinct
error states. Although AIR is not a normative part of MPEG-4
standard, it works well, especially when burst error occurs.
Another beneficial tool is the resynchronization marker be-
cause of its simplicity and adaptability to burst errors. For
further details, see [40] and [41].

B. H.264

There is considerable literature on the error resiliency fu-
ture of H.264/AVC (in short, H.264)3 [2], [42]. H.264 is based
on hybrid video coding, and is similar in spirit to other stan-
dards such as MPEG-4, but with new coding technologies:

2The official name is ISO/IEC 14 496-2.
3ITU-T H.264 is also known as MPEG-4 Part 10, MPEG-4 advanced

video coding (AVC), and ISO/IEC 14 496-10 in official MPEG terminology.
For simplicity, we refer to H.264.
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Fig. 7. NAL.

multimode and multireference MC, fine motion vector pre-
cision, B-frame prediction weighting, 4 4 integer trans-
form, multimode, intraprediction, in-loop deblocking filter,
uniform variable length coding (UVLC), network abstrac-
tion layer (NAL), switching picture slices (SP slices), and so
on. Because of these new coding technologies, H.264 has the
highest performance at the time of this writing (late 2004).
It is said that H.264 attains substantial bit-rate savings (up to
50%) relative to other standards such as MPEG-4 at the same
visual subjective quality. The decoding complexity at least
doubles that of MPEG-4, while the encoding complexity may
quintuple that of MPEG-4 or more, depending on the degree
of rate-distortion (R-D) optimization and complexity of mo-
tion estimation. It may cause power dissipation in case of
software encoding. Since other papers cover H.264 in detail,
let us focus on the error-resilience tools of H.264. H.264 con-
sists of two layers.

• Video coding layer (VCL): contains the signal pro-
cessing functionality (transform, quantization, motion
search/compensation, loop filter, and so on.)

• NAL: encapsulates the slice output of the VCL into
NAL units suitable for transmission over packet net-
works.

In contrast with the MPEG-4 error-resilience structure
shown in Fig. 6, the H.264 error-resilience structure is
based on a flexible network adaptation structure called
NAL,4 shown in Fig. 7. Unlike MPEG-4, NAL elegantly
separates the H.264 source coder tasks from error-resilience
tasks, such as data partitioning. Moreover, the H.264
error-resilience structure is based on the assumption that
bit-erroneous packets have been discarded by the receiver.
The error-resilience structure has been designed mainly
for packet-loss environments, and this design concept is
valid, since Internet protocols are currently widely used for
content delivery. According to [42], the following features
of NAL create robustness with respect to data errors and
losses, and flexibility of operation over a variety of network
environments.

• Parameter set structure: Parameter sets are exchanged
reliably by out-of-band signaling [for example, Session
Description Protocol (SDP)] in advance. An in-band
method is also available, but is not intended. A pa-
rameter set includes picture size, display window, mac-
roblock allocation map, and so on.

• Flexible macroblock ordering (FMO): This allows
transmission of a macroblock in nonraster scan order
so that we can apply spatial concealment.

4Network adaptation is termed “network abstraction” in H.264.

• Arbitrary slice ordering (ASO): This capability can im-
prove end-to-end delay in real-time applications, par-
ticularly when used on networks having out-of-order
delivery behavior (e.g., the Internet).

• Redundant pictures: Redundant slices and spare mac-
roblocks provide additional protection against the
propagation of errors via interprediction.

• Data partitioning: This design shares the MPEG-4
data partitioning concept. It may produce better visual
quality if the underlying network provides unequal
error protection based on the priority of the packet.

• SP/SI synchronization/switching pictures: This is a fea-
ture unique to H.264 that allows switching a decoder
between representations of the video content that use
different data rates. It contributes to error recovery as
well as trick modes.

The introduction of NAL is a major advance from the
MPEG-4 error-resilience structure. The NAL unit syntax
structure allows greater customization of the method of
carrying the video content to the transport layer. A typical
example is packetization to RTP payload [43]. For ex-
ample, the flexible syntax with ASO enables robust packet
scheduling, where we send important packets earlier and
retransmit lost packets so that we can improve the trans-
mission reliability for important pictures. The H.264 NAL
structure together with underlying transport technologies
such as RTP can support most of the packet-loss resilience
schemes summarized in the next section.

Of the error-resilience tools newly introduced in H.264,
slice interleaving enabled by FMO and ASO is one of key
features. However, there is some concern that handling of
this FMO may complicate the implementation of decoder
buffer management significantly, while providing benefits
only in the case that slices are randomly and moderately
lost. Switching between FMO and non-FMO coding may be
desired depending on the link condition, if the complexity
allows.

V. DISCUSSION: FUTURE DIRECTIONS FOR WIRELESS VIDEO

DELIVERY

Earlier in this paper, we reviewed the four layers of wire-
less video delivery technologies: the layer-1/2 transport in
Section II, the end-to-end transport layer in Section III, the
error-resilience tools and network adaptation layer, and the
source coder in Sections III and IV, respectively. The descrip-
tion of error control technologies is a large part of this paper.
Without limiting or restricting the discussion to error con-
trol, there are a number of related promising technologies for
wireless video delivery.

A. Summary of Related Technologies

To sum up our practical review of recent wireless video
delivery technologies, Table 3 provides a set of possible de-
livery technologies.5 Note that the end-to-end transport tech-
nologies, such as H.223, include synchronization and error

5Cross-layer technologies must exist aside.
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Table 3
Possible Wireless Video Delivery Technologies

detection, and can provide FEC and ARQ, if necessary. As
for the source coders, we assume that MPEG-4 will be se-
lected for video telephony and H.264 will be used for packet
streaming.

Error concealment has a long history; it has been avail-
able from H.261 and MPEG-2. The easiest and most prac-
tical approach is to hold the last frame that was successfully
decoded. The best-known approach is to use motion vectors
that can adjust the image more naturally when holding the
previous frame [45]. The vector approach works well at a
relatively high bit rate, because the amount of motion vector
data is small, and moreover, the motion vectors represent
realistic object motions on the image. More sophisticated
error concealment methods consist of a combination of spa-
tial/spectral and temporal interpolations with motion vector
estimation [35]. Object-based error concealment is found in
[46]. This research uses a priori information for concealment
through a principal component analysis on models.

One can also add optimization techniques to feedback-
based error control, especially for streaming services in
which a relatively large RTT is allowed. As for the feed-
back-based error control, Girod and Faerber reviewed those
technology in depth [47]. According to their review, feed-
back-based error control is basically for error mitigation by
feedback. A feedback channel indicates which parts of the
bit stream were received intact, and which parts of the video
signal could not be decoded and had to be concealed. Having
this feedback, the source coder typically uses the INTRA
mode for some macroblocks to stop interframe error propa-
gation. Originally, selective recovery of video packets [48]
in AIR works well. Reference picture selection is another
well-known feedback-based control technique performed at
the source coder layer. With data partitioning, we assume two
conditions.

• The source bit stream can be divided and prioritized
in terms of significance to the reconstructed image
quality.

• The underlying transport provides unequal protection
by differentiating FEC, ARQ, data duplication, trans-
mission sequence, and so on.

We cannot use the data partitioning approach if all the
portions of a bit stream are equally important for image

reconstruction.6 When the two conditions hold, we can
apply data partitioning. Many error control schemes are
categorized into this “unequally partitioned bitstream—un-
equal protection mapping” framework. MPEG-4’s data
partitioning of motion vectors and DCT coefficients, pri-
oritized I-picture, and slice transport are typical examples
[49]. In a wider sense, H.264 parameter sets (such as picture
size and coding mode), which exchange using reliably
by out-of-band signaling, can fall into this category. The
layered or scalable coding approach [50]–[52] is another
refinement of data partitioning. These approaches might be
used in a narrow-band wireless broadcasting scenario.

Cross-layer optimization, which is not listed in the sum-
mary table, has recently become of interest. One such ap-
proach is called joint source-channel coding [53], in which
two distortion measures (quantization distortion introduced
in source coding and channel distortion caused by channel
errors) are formalized and modeled in associated with coding
rate, channel errors, and concealment redundancy (in this
case, intra refreshing rate). An R-D optimization scheme is
applied over these measures.

Packet scheduling, which uses source information depen-
dencies [54], is another cross-layer optimization. For this
type of optimization, interframe prediction dependency at
source coder layer is mapped to packet dependency at the
end-to-end transport layer. Given constraints such as jitter
and a packet-loss model or feedback information, packet pro-
cessing is optimized. Optimization can be realized in two
ways: client-side optimization or server-side optimization.
Adaptive media playout [55] is the client-side process and
can be categorized as another type of error concealment. This
technique allows a streaming media client to control the rate
at which data is consumed by the playout process. When a
frame is lost due to the packet loss, the decoder can slow the
playout to reduce the visual impairments, on which R-D op-
timization based on packet dependency is applied.

As for the server-side optimization, R-D optimized packet
transmission scheduling, which was recently proposed
in [56], has gained the position of an established packet
streaming framework. The framework consists of mapping
the source coder information (e.g., interframe dependency)
to underlying packet structure and then scheduling the

6A layered or scalable coding approach is a convenient way to create this
condition.
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packet transmission based on the packet dependency with
given constraints. Its practical usage was also confirmed in
[57].

If we extend the joint source-channel coding framework
to include W-CDMA layer-1/2 transport, we can manage
transmission power optimization together with R-D op-
timization. These contributions are found in [58]–[61]. In
contrast with error control, the number of papers that con-
sider power dissipation is small. Recent work [58] involves
processing power for source coding and channel coding as
well as the transmission power, jointly. According to the
current mobile network operations and implementations,
the layer-1/2 transport control is isolated from upper layers,
except through the predefined QoS class designation, such as
the PDP context activation. Future networks might provide
a programmable function for layer-1/2. In that case, a key
issue will be cross-layer optimization, including layer-1/2
associated power consumption. In addition, if necessary,
other key parameters will include spreading factor, number
of multiplexing spreading codes, coding rate of error correc-
tion code, and level of modulation.

B. Future Directions

In Section II, we observed that RANs are going to be het-
erogeneous. In addition we noted that current RAN imple-
mentations offer a very low error rate QoS (approximately
1e-4 PLR), because the layer-1/2 error control keeps error
QoS as low as possible.

We believe that emerging mobile networks will have the
following characteristics.

• Large bandwidth and delay variation: layer-1/2 trans-
port results in large variations of RTT, jitter, and band-
width, while trying to keep error rate constant. There
are some exceptions such as W-CDMA circuit switch
connections, if a constant bandwidth with low latency
is required.

• Two distinct error states: Error conditions are bisected
into a good stable state and burst error state.

From these characteristics, we can conclude that the es-
sential error control features are:

• extraordinary adaptability to burst error state;
• rate control in the two-state error prone environment,

as identified above

Referring back to Fig. 2, the issues are how to efficiently de-
tect the state transition from “quasi no error” to “severe error”
and how to adopt the delivery system to the state change over
heterogeneous RANs. For error recovery and concealment in
the burst error state, the essential element is rate adaptation
to introduce data redundancy.

In our opinion, many researches focus on interme-
diate error conditions, which results in moderate error
control schemes highly optimized to hypothesized error
patterns. This is not sufficient. Extraordinary adaptability
definitely requires a combination of capabilities, such as
feedback-based control and error concealment. For such
adaptive error recovery, as we saw in packet transmission
scheduling, it will be more promising to control the error at

the transport layer or below, where the source coder infor-
mation is mapped to the underlying packet control. This is
because of system scalability.

There are many research contributions concerning rate
control over mobile networks [62]–[64]. These rate-con-
trol technologies need to be evaluated with respect to the
two-state error prone environment. Concerning rate control
over mobile networks, we already discussed that rate-con-
trol mechanisms utilize the RTCP. All of the rate-control
mechanisms mentioned above assume that packet loss,
delay, and jitter are caused by network congestion. In mobile
networks, however, packet loss and jitter may also be caused
by radio link errors. In addition to the higher BER, cellular
links cause large transmission delays, sometimes more than
100 ms. When conventional rate-control mechanisms are
applied to mobile networks, a sender cannot identify the
network congestion condition correctly, and this leads to in-
appropriate rate control. A typical symptom is that a sender
reduces its transmission rate even if the network is not
congested. In TCP, several techniques have been proposed
to counter this issue [65], including local retransmission
[65], split-connection [66], and explicit loss notification
(ELN) [67]. Some of them can be also applied to RTCP. For
example, a split-connection approach to RTP is proposed in
[68]. That puts a middle person at midway between wired
networks and radio links so that the servers can realize
both wired and wireless network QoS separately. ELN is
a cross-layer approach by signaling link layer information
to transport layer. A more generic cross-layer framework is
discussed in [69], where such signaling can contribute to
more efficient congestion control and QoS adaptation by
avoiding duplicated effort across layers. Although a frame-
work has been discussed, cross-layer video rate control
such as layer-2/3 interaction with RTP retransmission and
layer-2 ARQ has not been reported, as far as we know. We
can expect further contributions in this area.7 Note that a
cross-layer approach can contribute to the above mentioned
adaptability over wireless link as well as power dissipation
optimization. Interlayer interfaces like H.264 NAL can be
extended in that context.

VI. CONCLUSION

We reviewed practical video delivery technologies through
the examination of existing mobile networks, commercial-
ized or standardized transport, and coding technologies.
Compression efficiency, power dissipation, and error control
are identified as intrinsic issues in wireless video delivery.
Among these issues, we evaluated the four layers of error
control technologies. We pointed out that layer-1/2 transport
tends to provide two distinct conditions: quasi-error-free and
burst errors during fading periods. In the former condition,
upper layer error control technologies have a limited role.
When considering these role, extraordinary adaptability of
error control to the latter condition is essential. We also saw
that the emerging mobile network QoS is going to have a
larger variation of bandwidth and delay. Thus, we identified

7Another design goal is TCP-friendliness [70]. However, it is beyond the
scope of this paper.
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rate control as the essential technology that provides ex-
traordinary adaptability to varying bandwidth. Cross-layer
optimization and rapid feedback-based source coder control
with error concealment, specifically for that rate control, are
frontiers to be investigated. In addition to those technologies,
the heterogeneity of RANs will require the investigation of
multipath media delivery technologies, where servers and
clients are connected over different networks simultaneously
with layer-2 multipaths.

Future review includes multimedia broadcast/multimedia
service (MBMS), which is not covered in this paper. MBMS
is designed to offer an efficient way to transmit data from a
single source to multiple destinations over a radio network.
For broadcast and multicast, we may need different tech-
niques that were not addressed here.
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