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H.264/AVC In Wireless Environments

Thomas Stockhammer, Miska M. Hannuksela, and Thomas Wiegand

Abstract—Video transmission in wireless environments is a of packet-oriented transmission modes allowing transport of
challenging task calling for high-compression efficiency as well practically any type of IP-based traffic to and from mobile

as a network friendly design. Both have been major goals of the ; o ; ; ; .
H.264/AVC standardization effort addressing “conversational” terminals, thus providing users with a simple and flexible trans

(i.e., video telephony) and “nonconversational’ (i.e., storage, port interface. The third g_energtion partnership_projegt (SGPP)
broadcast, or streaming) app”cations. The video compression has selected several multimedia codecs for the inclusion into its
performance of the H.264/AVC video coding layer typically multimedia specifications [6]. To provide basic video service in

provides a significant improvement. The network-friendly design  the first release of the 3G wireless systems, the well-established
goal of H.264/AVC is addressed via the network abstraction layer and almost identical baseline H.263 and the MPEG-4 visual

that has been developed to transport the coded video data over any _. | file h b int ted. The choi b d
existing and future networks including wireless systems. The main Simple pronie have been Integrated. € choice was base

objective of this paper is to provide an overview over the tools ON the manageable complexity of the encoding and decoding
which are likely to be used in wireless environments and discussesprocess, as well as on the maturity and simplicity of the design.
_the most challgnging appllication,. yvire]ess conversatio.nal ‘services However, due to the likely business models in emerging wire-
in greater detail. Appropriate justifications for the application of less systems in which the end-user's costs are proportional to
different tools based on experimental results are presented. . ok
the transmitted data volume and also due to limited resources
Index Terms—Error concealment, error-resilient video coding, pandwidth and transmission power, compression efficiency is
Eéﬁaéfﬁgglc;‘jﬁ:gp;faggsgCveviE‘gﬁs\}iézf;‘rj;tgg'iggigﬁ“m'za' the main target for wireless video and multimedia applications.
' ' ' This makes H.264/AVC coding an attractive candidate for all
wireless applications including multimedia messaging services
[. INTRODUCTION (MMS), packet-switched streaming services (PSS), and con-
INCE 1997, the ITU-T's Video Coding Experts Groupversational applications. However, to allow transmission in dif-
S(VCEG) has been working on a new video coding starierent environments, not only is coding efficiency relevant, but
dard with the internal denomination H.26L. In late 2001, thalso seamless and easy integration of the coded video into all
Moving Picture Expert Group (MPEG) and VCEG decided teurrent and possible future protocol and multiplex architectures.
work together as a Joint Video Team (JVT), and to createl addition, for conversational applications the video codec’s
single technical design called H.264/AVC for a forthcomingupport of enhanced error-resilience features is of major impor-
ITU-T Recommendation H.264/AVC and for a new part of théance. This has also been taken into account in the standardiza-
MPEG-4 standard called AVC [1] [2]. Since the meeting in tion of this codec.
November 2002, the technical specification is frozen and theThis paper is structured as follows. Section Il introduces
standard text and software have been finalized. The prim@'ppncaﬂons and transmission characteristics for wireless video
goals of H.264/AVC are’mproved coding efficiencgnd im- applications. The transport of H.264/AVC video is brlefly
proved network adaptation. The syntax of H.264/AVC typicallgliscussed and common test conditions for mobile video trans-
permits a significant reduction in bit rate [3] compared to alnission are presented. Section Il provides an overview over
previous standards such as ITU-T Rec. H.263 [4] and 1SO/IRe H.264/AVC video coding standard from the perspective of
JTC 1 MPEG-4 [5] at the same quality level. wireless video applications. We categorize features according
The demand for fast and |ocati0n_independent accesst@othEir appllcablllty in different video services. Section IV
multimedia services offered on today’s Internet is steadifiscusses the most challenging application in terms of delay
increasing. Hence, most current and future cellular networlé@nstraints and error resilience, namely wireless conversational
like GSM-GPRS, UMTS, or CDMA-2000, contain a variety@pplications. A system description and problem formulation is
followed by providing several alternatives on the system design
Manuscript received April 9, 2002: revised May 10, 2003 using H.264/AVC as well as the combination of several modes.
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Fig. 1. Wireless video application MMS, PSS, and PCS: differentiation by real-time or offline processing for encoding, transmission, and decoding.

major service categories were identified in the H.264/AVC In addition, the mobile environment is characterized by harsh
standardization process [7]. transmission conditions in terms of attenuation, shadowing,
frilding, and multi-user interference, which result in time- and
ﬁ)cation—varying channel conditions. The frequency of the
nghannel variations highly depends on the environment, the
er topology, the velocity of the mobile user, and the carrier
frequency of the signal. For sufficiently long code words
) i ) averaging over channel statistics is possible and transmission
~ Although new services such as multimedia broadcast/mukategies can be used that are based on the long-term averages
ticast services (MBMS) [12] are planned for future release fading states and the ergodic behavior of the channel. Many
of wireless networks, we restrict ourselves to single receiVRighly sophisticated radio link features such as broadband
applicati_ons. Mobile devices are hand-_held and constraineddgcess’ diversity techniques, space-time coding, multiple
processing power and storage capacity. Therefore, a mobjigenna systems, fast power control, interleaving, and forward
video codec design must minimize terminal complexity whilg,ror correction (FEC) by Turbo codes are used in 3G systems
remaining consistent with the efficiency and robustness goglsyequce variations in channel conditions. However, only for
of the design. As complexity issues are discussed elsewhglg moying users and relatively large tolerated maximum delay
in this issue [13], [14], we restrict ourselves to transmissiqth, these advanced techniques provide a negligible bit error
constraints and properties. and radio block loss rate. Usually, some amount of residual
The transmission requirements for the three identified appéirrors has to be tolerated for low-delay applications due to the
cations can be distinguished with respect to requested data ratgergodic behavior of the channel and the imperfectness of
the maximum allowed end-to-end delay, and the maximugRe applied signal processing. Therefore, in addition to high
delay jitter. This results in different system architectures f@ompression efficiency and reasonable complexity, a video
each of these applications. A simplified illustration is providegoding standard to be applicable for conversational services in
in Fig. 1. As MMS does not include any real-time constraintgyireless environments has to be error resilient.
encoding, transport, and decoding are completely separatedn addition, it is worth noting at this point that new direc-
The recorded video signal is offline encoded and locally storeghns in the design of wireless systems do not necessarily at-
The transmission is started using the stored signal at any ti@npt to minimize the error rates in the system, but to maximize
The decoding process at the receiver is in general not starteé throughput. This is especially appealing for services with re-
until the completion of the download. In PSS applications, thexed delay constraints such as PSS and MMS. The nonergodic
user typically requests pre-coded sequences, which are staseHavior of the channel is exploited such that in case of good
at a server. Whereas encoding and transmission are separafiegnnel states significantly higher data rate is supported than in
decoding and display is started during transmission to minimigad channel states. In addition, reliable link layer protocols with
the initial delay and memory usage in mobile devices. Finallgersistent Automatic Repeat reQuest (ARQ) are usually used
in conversational services, the end-to-end delay has to teeyuarantee error-free delivery. For example, in the high-speed
minimized to avoid any perceptual disturbances and to maiflownlink packet access (HSDPA) concept [15] ARQ, adaptive
tain synchronicity of audio and video. Therefore, encodingnodulation schemes, and multiuser scheduling taking into ac-
transmission and decoding is performed simultaneously daunt the channel states are combined to significantly enhance
real-time and, moreover, in both directions. These differefie throughput in wireless systems.
ancillary conditions permit and require different strategies in 3G wireless transmission stacks usua”y consist of two
encoding, transport, decoding, as well as in the underlyiRgiferent bearer types, dedicated and shared channels. Whereas
network and control architecture. in dedicated channels one user gets assigned a fixed data rate
In general, the available bandwidth and therefore the bit-reftr the entire transmission interval, shared channels allow a
over the radio link are limited and the costs for a user are estynamic bit-rate allocation similar to ATM or GSM GPRS.
pected to be proportional to the reserved bit rate or the numib¢8DPA will be an extension of the shared channel concept on
of transmitted bits over the radio link. Thus, low bit rates arie air interface. Except for MMS all streaming and conversa-
likely to be typical, anccompression efficiendg the main re- tional applications are assumed to use dedicated channels in the
quirement for a video coding standard to be successful in a nmioitial phase of 3G wireless systems due to their almost constant
bile environment. This makes H.264/AVC a prime candidate fit-rate behavior. In modern system designs, an application can
the use in wireless systems, because of its superior compresseuest one of many different quality-of-service (QoS) classes.
efficiency [3]. QoS classes contain parameters like a maximum error rate,
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1) Circuit-switched [8] and packet-switched conversation
services (PCS) [9] for video telephony and conferencin

2) Live or pre-recorded video packet-switched streami
services (PSS) [10].

3) Video in multimedia messaging services (MMS) [11].
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TABLE |
QOS FERVICE CLASSES INPACKET RADIO SYSTEMS [15]

. Preserve time relation between information entities of the stream Voice and video teleph-
Conversational . . . .
Conversational pattern (stringent and low delay) ony, Video conferencing
. Preserve time relation (variation) between information entities of | Streaming  multimedia
Streaming . .
the stream (video, audio, etc.)
Interactive Request respopse pa.ttern, Web browsing,
Preserve data integrity network games
Destination is not expecting the data within a certain time Background download of
Background . . )
Preserve data integrity e-mails, files, etc.
maximum delay, and a guaranteed maximum data rate. Furtt H.264/AVC Conceptual Layers
more, according to [16], applications are usually divided int
different service classes: conversational, streaming, interacti Video Coding Layer Video Coding Layer
. L . Encoder Decoder
and background traffic. Characteristics and typical exampl
are Shown In Table I. ---------..--.----l.----..--oo--oo\;cnl:-oNo;\':o"o‘;eo;f;::; ------------ 1 ----------- .o
. . Network Abstraction Network Abstraction
B. Transport of H.264/AVC Video in Wireless Systems fayer Bncodai EsiyaeDiceidis

According to Fig. 2, H.264/AVC distinguishes between twi| ya encoder intorface |

different conceptual layers, the video coding layer (VCL) an m—-———=

. P e H.264 to H.264 to
the network abstraction layer (NAL). Both the VCL and ths MPEG-2 :-;g:ltla Hﬁ'ﬁjl;o file format| «eeeees
NAL are part of the H.264/AVC standard. The VCL specifies a | L_H-320 Systems ; ekl L_IcPip
efficient representation for the coded video signal. The NAL «
H.264/AVC defines the interface between the video codec itsi
and the outside world. It operates on NAL units which give suj.
port for the packet-based approach of most existing networks. i .
At the NAL decoder interface, it is assumed that the NAL unit'gg' 2. H-264/AVC standard in transport environment.
are delivered in decoding order and that packets are either re-
ceived correctly, are lost, or an error flag in the NAL unit header H.324 [22] was primarily established by the ITU-T for
can be raised if the payload contains bit errors. The latter featlo/-bit-rate circuit-switched modem links and error prone ex-
is not part of the standard as the flag can be used for differéansions for mobile circuit switched low-bit-rate conversational
purposes. However, it provides a way to signal an error indicgervices have been added. H.324M officially known as ITU-T
tion through the entire network. Additionally, interface specifiRec. H.324 Annex C, allows transmission over low, moderate,
cations are required for different transport protocols that will tend high bit-error rate circuit switched links. 3GPP adopted
specified by the responsible standardization bodies. The exdEc824M including an error robust extension of the multiplexing
transport and encapsulation of NAL units for different trangrotocol H.223 known as H.223 Annex B as the protocol used
port systems, such as H.320 [17], MPEG-2 Systems [18], afai circuit-switched video communication. This multiplexing
RTP/IP [19], are also outside the scope of the H.264/AVC staprotocol includes two layers: an error-resilient packet-based
dardization. The NAL decoder interface is normatively definethultiplex layer and an adaptation layer featuring common error
in the standard, whereas the interface between the VCL and tietection capabilities, such as sequence numbering and cyclic
NAL is conceptual and helps in describing and separating thedundancy checks (CRSs). Therefore, it is very similar to the
tasks of the VCL and the NAL. RTP/UDP/IP stack (see [21]).

For real-time video services over 3G mobile networks, two For packet-switched services, 3GPP/3GPP2 agreed on an
protocol stacks are of major interest. 3GPP has specifiedRabased stack. Fig. 3 shows a typical packetization of a NAL
multimedia telephony service for circuit-switched channelmit encapsulated in RTP/UDP/IP [19] through the 3GPP2 user
[8] based on ITU-T Recommendation H.324M. For IP-basqiane protocol stack. After robust header compression (RoHC)
packet-switched communication, 3GPP has chosen to use 8] this IP/UDP/RTP packet is encapsulated into one packet
and SDP for call control [20] and RTP for media transport [9Hata convergence protocol/point-to-point protocol (PDCP/PPP)
In other words, the IP-based protocol stack as presented in [pakket that becomes a radio link control (RLC)-service data
will be used in packet-switched 3G mobile services. While thenit (SDU). The RLC protocol can operate in three modes: 1)
H.324 and the RTP/UDP/IP stacks have different roots andransparent; 2) unacknowledged; and 3) acknowledged mode
completely different switching philosophy, the loss and deld®26]. The RLC protocol provides segmentation and retransmis-
effects on the media data when transmitting over wireles®n services for both users and control data. The transparent
dedicated channels are very similar. and unacknowledged mode RLC entities are defined to be
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Fig. 3. Packetization through 3GPP2 user plane protocol stack.

TABLE I
BIT-ERROR PATTERNS

| Bitrate i Length Mobile Speed | Application
1 64 kbit/s 60s 9.3e-3 3 km/h Streaming
2 64 kbit/s 60s 2.9¢-3 3 km/h Streaming
3 64 kbit/s 180 s 5.1e-4 3 km/h Conversational
4 64 kbit/s 180s 1.7e-4 50km/h Conversational
5 128 kbit/s 180s 5.0e-4 3 km/h Conversational
6 128 kbit/s 180s 2.0e-4 50km/h Conversational

unidirectional and acknowledged mode entities are describagpropriate common test conditions for 3G mobile trans-
as bi-directional. For all RLC modes, CRC error detection imission for circuit switched conversational services based
performed on the physical layer and the result of the CR@h H.324M [24] and for packet-switched conversational and
check is delivered to the RLC together with the actual datstreaming services [25]. These test conditions permit the
In the transparent mode no protocol overhead is added selection of appropriate coding features, testing and evalu-
higher layer data. Erroneous protocol data units (PDUs) cating error-resilience features, as well as meaningful anchor
be discarded or marked erroneous. In the unacknowledgedults. In this paper, we focus on the IP-based test conditions.
mode, no retransmission protocol is in use and data delivéifile common test conditions define six test-case combina-
is not guaranteed. Received erroneous data is either marketiars for packet-switched conversational services as well as
discarded depending on the configuration. In the acknowledgeaicket-switched streaming services over 3G mobile networks.
mode, an automatic repeat request mechanism is used Additionally, the test conditions include simplified offline
backward error correction. 3GPP/3GPP2 simulation software, programming interfaces and

As video packets are of varying length by nature, the lengévaluation criteria. Radio channel conditions are simulated with
of RLC-SDU'’s varies as well. If an RLC-SDU is larger tharbit-error patterns, which were generated from simulated mobile
an RLC-PDU, the SDU is segmented into several PDUs. tadio channel conditions. The bit-error patterns are captured
the used, unacknowledged, and acknowledged modes, the fidvove the physical layer and below the RLC/RLP layer and,
of variable-size RLC-SDUs is continuous to avoid padding dfierefore, they are used as the physical layer simulation in
bits as necessary for the transparent mode. In unacknowledgeattice. The properties bit rate, length, bit-error rate, and the
mode, if any of the RLC-PDUs containing data from a certaimobile speed of the bit-error patterns are presented in Table II.
RLC-SDU have not been received correctly, the RLC-SDU is The bit errors in the files are statistically dependent, as
typically discarded. In acknowledged mode, the RLC/radio linkhannel coding and decoding included in 3G systems produces
protocol (RLP) layer can perform re-transmissions. burst errors. This has been taken into account by evaluating

Additionally, both protocol stacks H.324 and RTP/IP/UDRne bit-error pattern files in the following. Patterns 1 and 2 are
use reliable setup and control protocols, H.245 and SIP, respemstly suited to be used in video streaming applications, where
tively. Hence, it can be assumed that a small amount of cdRLP/RLC layer re-transmissions can correct many of the frame
trol information can be transported out-of-band in a reliablesses. The applied channel-coding scheme is a Turbo code
way. The resulting properties of real-time low-delay video transeheme and power control targeting throughput maximization
mission are therefore very similar in both cases. Packets aather than error minimization. Patterns 1 and 2 are unrealistic
transmitted over underlying transports protocols and channdts, conversational service, as an acceptable quality cannot be
which provide framing, encapsulation, error detection, and raehieved with such high error rates without retransmissions.
liable setup. We focus hereafter on the RTP/IP-based transmisPatterns 3—-6 are meant to simulate a more reliable, lower
sion over wireless channels [21]. error-rate bearer that is required in conversational applications.
Assuming a random byte starting position within the file the
packet error probability. (r) depending of the length of the

In the H.264/AVC standardization process, the importangacketr in bytes can be determined. These error probabilities
of mobile video transmission has been recognized by adoptingr) for all bit-error patterns are shown in Fig. 4. It is obvious
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: : }r’ : : : : N nigues have not yet shown significant improvements for
N (O L | s video decoding.
0asl o BRI 3) The decoding based on lost packets serves as a lower
: : : : : i bound on the performance in bit-error-prone environ-
b VAT , S T s ments and, therefore, provides a valid benchmark of the
S } epa performance of H.264/AVC in error-prone environment.
/ o ‘ : P ﬁ 4) Finally, handling of bit errors generally complicates the
. / RIS TR IIE SR "' [T . implementation of decoder software significantly. As the
: : : S : : 5 test model software for H.264 was developed for multiple
purposes, only simple but meaningful network interfaces
have been integrated.
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I1l. H.264/AVC—AN EFFICIENT AND FLEXIBLE VIDEO
CODING TOOLBOX

OB e 0 MO 10 1020 A compression Efficiency and Encoder Flexibility
Fig.4. Packet-loss probabiligy. () over packet length in bytes for bit-error The Teatl'!re.s for compn_assmn efﬂ_mency are discussed else-
patterns according to [25]. where in this issue, we will only briefly present the key fea-
tures of the standard, for more details we refer to [2]. Although
) o o ) the design of the H.264/AVC codec basically follows the hy-
that the error rate increases significantly with increasing packgty design (motion compensation with lossy coding of residual

length. For bit-error patterns (BEP1 and 2), the loss rates are Q@nal) of prior video coding standards such as MPEG-2, H.263,
acceptable as already short packets, e.g., 500 bytes, have lpRs MPEG-4, it contains many new features that enable it to
probabilities up to 25%. The high error rates require retrangehjeve a significant improvement in terms of compression ef-
mission on the link layer. ficiency. This is the main reason why H.264/AVC will be very
The patterns useful for conversational services provide Vegitractive for use in wireless environments with the costly re-
decent error characteristics for reasonable packet lengths. Th@rce bit rate. The main features for significantly increased
loss probability for reasonable packet sizes up to 1000 bytegisging efficiency are multiframe motion-compensated predic-
below 5%. This means that typical fixed Internet packet logn, adaptive block size for motion compensation, generalized

probabilities (compare [21]) are not exceeded. Note that Wigllpictures concepts, quartel-pel motion accuracy, intra coding
higher speed (50 km/h), the channel tends to be “more ergodigilizing prediction in the spatial domain, in-loop deblocking fil-
than in case of the walking user (3 km/h). Therefore, the errlys and efficient entropy-coding methods.
rateg are usually higher for slowly moving users than for fast- The normative part of a video coding standard in general
moving users. only consists of the appropriate definition of the order and se-
During the standardization process, it was agreed in the V@pantics of the syntax elements and the decoding of error-free
beginning that the standard should include error-resiliengg sireams. This allows a significant flexibility at the encoder,
features for IP-based wired and wireless transmission. Usualjjich can, on the one hand, be exploited for pure compression
two kinds of errors are present in today’s transmission systerggiciency, and on the other hand, several included features in
bit inversion errors or packet losses. However, all relevaffe standard can be selected by the encoder for other purposes
multiplexing protocols like H.223 and UDP/IP and almost alj,ch as error resilience, random access, etc. A typical encoder
underlying mobile systems include packet loss and bit-err@jith the main encoding options is shown in Fig. 5.
detection capabilities applying sequence numbering and blockrhe encoding options relevant for wireless transmission are

check sequences, respectively. Therefore, it can be assumgfhlighted. The recorded video data is preprocessed by appro-
that a vast majority of erroneous transmission packets can figyte spatial and temporal preprocessing such that the data rates
detected. Moreover, even if packets were detected to contgiy displays in a wireless environment are well-matched. For
bit errors, decoding could be attempted. Some research ks quantization of transform coefficients, H.264 coding uses
been conducted in this area and, in a few scenarios, gains hg¥glar quantization. The quantizers are arranged in a way that
been reporte_d f_or still image transmission [27]. However, ifhere is an increase of approximately 12.5% from one quan-
the standardization of H.264/AVC for the development of thg;ation parameter (QP) to the next. The quantized transform
reference software, bit-erroneous packets have been considesficients are converted into coding symbols and all syntax
as being discarded by the receiver for the following reasons. glements of a macroblock (MB) including the coding symbols
1) Processing of bit-erroneous packets is likely to be poare conveyed by entropy coding methods. A MB can always be
sible in a receiving mobile device only, as gateways armbded in one of several intra modes with and without prediction,
receivers having fixed network connection typically droas well as various efficient inter modes. Each motion-compen-
erroneous packets. sated mode corresponds to a specific partition of the MB into
2) Joint source-channel decoding, such as trellis-based €fired-size blocks used for motion description, and up to 16 mo-
coding of variable-length codes or iterative source arttbn vectors may be transmitted for a MB. In addition, for each
channel decoding might be applied. However, these teddB, a different reference frame can be selected. Finally, a NAL

Google Exhibit No. 1027
Page 005



662 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 13, NO. 7, JULY 2003

Division in
macroblocks

________________________________________________________ Encoder | ey

i Control. ;

i |

A 4 1

Tesr;gt?arfll Trans- Quanti- Entropy- ;
sub-sampling formation zation Coding :

Packetization |-

Transmission,
Storage

. Infat
Prediction

-t O  Deblocking |
- . Filter =

-Motion
estimation -

Fig. 5. H.264/AVC encoder realization with coding options.

unit in single-slice mode consists of the coded MBs of an entilayer, especially when the channel is known at the transmitter or
frame or a subset of frame. More details on the packetizationrasransmissions for erroneous link layer packets can be used as
well as on the appropriate selection of the presented differdat example in the acknowledged mode. Slow variance due to

modes are discussed in Section IV. distance, shadowing, or varying multiuser topology in the sup-

ported cell with renewed resource allocation transform the wire-
B. Features for Multimedia Messaging and Wireless less channel in a slowly varying variable-bit-rate channel. With
Packet-Based Streaming an appropriate setting of the initial delay and receiver buffer a

In addition to pure compression efficiency features, agertain quality of service can be guaranteed [28].
ditional tools for different purposes have been included in Furthermore, general channel-adaptive streaming technolo-
H.264/AVC. We will highlight those features with applicationgies, which allow reacting to variable bit-rate channels, have
to wireless video transmission. Because of the strict separatgained significant interest recently. According to [30], these
of encoding, transmission, and decoding, the main issue techniques can be grouped into three different categories.
MMS is compression efficiency. Other helpful features includgirstly, adaptive media playoui31] is a new technique that
the insertion of regular intra frames with instantaneous decodgiows a streaming media client, without the involvement of
refresh (IDR) for random access and fast forward. The rafee server, to control the rate at which data is consumed by the
control is typically applied such that video quality is almosplayout process. Therefore, the probability of decoder buffer
constant over the sequence, regardless of the scene complaxiigerflows and overflows can be reduced, but still noticeable
except for constraints from the hypothetical reference decodstifacts in the displayed video occur. A second technology for
(HRD) [28]. If time, memory capabilities, and battery powea streaming media system is proposed, which makes decisions
permit, even several encoding passes for optimized rate-distivat govern how to allocate transmission resources among
tion (R-D) performance would be possible. On the link layepackets. Recent work [32] provides a flexible framework to
reliable transmission strategies as known for data transmissalow R-D optimized packet scheduling. Finally, it is shown that
such as file download are used. this R-D-optimized transmission can be supported, if media

Due to on-line transmission and decoding, streaming appditreams are pre-encoded with appropriate packet dependencies,
cations involve more technical challenges than MMS. Usuallgpssibly adapted to the channel (channel-adaptive packet
pre-encoded data is requested by the user, which inherently ddegendency control) [33].
not allow an adaptation to the transmission conditions such asThe latter techniques are supported by H.264/AVC by various
bit rate or error rate in the encoding process. However, the reeans. As the streaming server is in general aware of the current
ceiver usually buffers the received data and starts play-back afteannel bit rate, the transmitter can decide to send one of several
a few seconds. Once starting playback, a continuous presept@-encoded versions of the same content taking into account
tion of the sequence should be guaranteed. As wireless chantigsexpected channel behavior. If the channel rate fluctuates
usually show ergodic behavior within a window of a few semnly in a small range, frame dropping of nonreference frames
onds, reliable transmission schemes can be applied on the linight be sufficient resulting in well-known temporal scalability.
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Switching of versions can be applied at I-frames that are also the coding overhead in the VCL, but the costly RTP overhead
dicated as instantaneous decoder refresh (IDR) pictures to carhup to 40 bytes per packet can be avoided.

pensate large scale variations of the channel rate. In additionA more advanced and generalized concept is provided by a
H.264/AVC supports efficient version switching with the introfeature that has been called by the proponéetsble MB or-
duction of synchronization-predictive (SP) pictures. For mogering (FMO) [39]. FMO permits the specification of different
details on SP pictures, see [35]. Note that quality scalable videatterns for the mapping of MBs to slices including checker-
coding methods such as MPEG-4 fine-grain scalability (FG8pard-like patterns, sub-pictures within a picture (e.g., splitting
[34] are not supported by H.264/AVC and such extensions afCIF picture into four QCIF pictures), or a dispersed map-
H.264/AVC are currently not planned. ping of MBs to slices. FMO is especially powerful in conjunc-
tion with appropriate error concealment when the samples of a
missing slice are surrounded by many samples of correctly de-
coded slices. For more details on FMO, see [21].

Another error-resilience feature in H.264/AVCdsta par-

A necessary requirement for conversational services is a lgiéioning, which can also reduce visual artifacts resulting from
end-to-end delay being less that 250 ms. This delay constraiaicket losses, especially if prioritization or unequal error pro-
has two main impacts on the video transmitted over wirelessction is provided by the network. For more details on the
bearer services with constant bit rate. Firstly, features hagtata-partitioning mode, we refer to [21]. In general, any kind
to be provided which allow adapting the bit-rate such thaf forward error protection(FEC) in combination with inter-
over a short window a constant bit-rate can be maintainddaving for packet lossy channels can be applied. A simple so-
In addition, usually only temporally backward references iltion is provided by RFC2733 [40], more advanced schemes
motion compensation are used in conversational applicatiohaye been evaluated in many papers, e.qg., [41], [42]. However,
since prediction from future frames would introduce additiondh the following, we do not consider FEC schemes in the trans-
delay. Secondly, within the round-trip time of the communiport layer as this requires a reasonable number of packets per
cation, the channel usually shows nonergodic behavior acodeword.
transmission errors cannot be avoided. Whereas the first issu®espite all these techniques, packet losses and resulting ref-
can be solved by adapting the QP appropriately, the secam@nce frame mismatches between encoder and decoder are usu-
issue requires error-resiliency tools in the video codec itsedflly not avoidable. Then, the effects of spatio-temporal error
More exactly, an error-resilient video coding standard suitalyopagation are, in general, severe. The impairment caused by
for conversational wireless services has to provide featurteansmission errors decays over time to some extent. However,
to combat two problems: on the one hand, it is necessarythe leakage in standardized video decoders, such as H.264/AVC,
minimize the visual effect of errors within one frame. Oiis not very strong, and quick recovery can only be achieved
the other hand, as errors cannot be avoided, the well-knowhen image regions are encoded in intra mode, i.e., without
problem of spatio-temporal error propagation in hybrid videference to a previously coded frame. Completely intra-coded
coding has to be limited. We will present all error-resiliencames are usually not inserted in real-time and conversational
features included in the H.264/AVC standard and providedeo applications as the instantaneous bit rate and the resulting
further details on the exact application in Section IV. delay is increased significantly. Instead, H.264/AVC allows en-

Packet loss probability and the visual degradation froeoding of single MBs for regions that cannot be predicted effi-
packet losses can be reduced by introducing slice-structuently as it is also known from other standards. In H.264/AVC,
coding. A slice is a sequence of MBs and provides spatialllge efficient intra prediction can be constrained to intra MBs
distinct resynchronization points within the video data for anly to avoid error propagation from inter-coded MBs to re-
single frame. No intra-frame prediction takes place across sliteshing intra-coded MBs. Another feature in H.264/AVC is the
boundaries. With that, packet loss probability can be reducpdssibility to select the reference frame from the multiframe
if slices and, therefore, transmission packets are relativddyffer. Both features have mainly been introduced for improved
small, since the probability of a bit-error hitting a short packetoding efficiency, but they can efficiently be used to limit the
is generally lower than for large packets (see, e.g., Fig. €rror propagation. Conservative approaches transmit a number
Moreover, short packets reduce the amount of lost informafintra-coded MBs anticipating transmission errors. In this sit-
tion and, hence, the error is limited and error concealmemation, the selection of intra-coded MBs can be done either
methods can be applied successfully. However, the loss rahdomly or preferably in a certain update pattern. For details
intra-frame prediction and the increased overhead associated early work on this subject, see [43]-[45]. Multiple refer-
with decreasing slice sizes adversely affect coding performarerece frames can also be used to limit the error propagation, for
and requires additional overhead per slice. Especially fekample invideo redundancy codingchemes (see, e.g., [46]).
mobile transmission, where the packet size clearly affects Idssaddition, a method known from H.263 under the acronym
probability, a careful selection of the packet size is necessagdundant slicewill be supported in JVT coding. This will
H.264/AVC specifies several enhanced concepts to reduce #llew sending the same slice predicted from different reference
artifacts caused by packet losses within one frame. Slices deames which provides the decoder the possibility to predict this
be grouped by the use of aggregation packets into one pacHlate from error-free reference areas. Finally, multiple reference
and, therefore, concepts such as group-of-block (GOB) afrdmes can be successfully combined with a feedback channel,
slice interleaving37], [38] are possible. This does not reducavhich will be discussed in detail among others in Section IV.
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Fig. 6. H.264/AVC in IP-based packet-lossy environment with RTP encapsulation, generic forward error correction, delayed feedback information, and error
concealment.

IV. USING H.264/AVC IN WIRELESS CONVERSATIONAL
SERVICES

lost packet as discussed previously. The channel-loss sequence
is random and, therefore, we denote it33,,), where the statis-
tics are in general unknown to the encoder. According to Fig. 6,
) - ) ) in addition to the forward link it possible that a low-bit-rate re-
The various error-resilience tools as described in the piigsple back-channel from the decoder to the encoder is available
vious section provide a significant amount of freedom and flexjnich allows reporting al-frame delayed versiofi,_4 of
bility for the implementation of H.264/AVC in wireless converthe opserved channel behavior at the decoder to the encoder. In
sational_ services. A n_1ain criteri_on for the performance of therp/p environments, this is usually based on RTCP messages,
system is the appropriate selection of one or several of the mg@y in wireless environments, internal protocols might be used.
tioned tools toggtherwith the exact parameters, e.g., the positioRrhe  decoder processes the received sequence of packets.
and number of intra MBs. _ _ Whereas correctly received packets are decoded as usual for
We will discuss in the following channel behavior and errgfye |ost packet, an error-concealment algorithm has to be
concealment by formalizing the notation for sample represgfyoked. The reconstructed sample, ; at positioni in MB
tation. The investigated video transmission system is shown 34 framen depends on the channel behavior and on the
in Fig. 6. H.264/AVC video encoding is based on a sequentighcoder error concealment. In inter-coding mode, i.e., when
encoding of frames denoted with the index= 1,..., N motion-compensated prediction (MCP) is utilized, the loss of
with N being the total number of frames to be encoded. lftormation in one frame has a considerable impact on the
most existing video coding standards including H.264/AVGy ity of the following frames, if the concealed image content
within each frame video encoding is typically based on Sgs referenced for MCP. Because errors remain visible for a
quential encoding of MBs (except for FMO) denoted by indegnger period of time, the resulting artifacts are particularly
m=1,..., M, whereM specifies the total number of MBS in 5,n0ying. Therefore, due to the motion-compensation process
one frame and depends on the spatial resolution of the vidgQy the resulting error propagation, the reconstructed image
sequence. The encoding process creates slices by groupjBgends not only on the lost packets for the current frame,

a certain number of MBs. Picture numberand start MB ¢ in general on the entire channel-loss sequeitgg,. We
addressm; are binary coded in the slice header. The codgfbnote this dependency BY.m,i(0, Cre(n)

representation of a slice is the payload of a NAL unit. The RTP |, the following, we will discuss appropriate extensions of the

payload specification specifies simple encapsulation of NALncoder, the decoder, and the transmission environment, which

units. In addition, several NAL units can be combined into 0nge ejther necessary or at least beneficial to enhance the quality
aggregation packet or one NAL unit can be fragmented in{g ihe transmitted video.

several transport packets [19], [21].

'Fo.r notational convenience, let us define the numper of trarg— Decoder Extensions—Loss Detection and Error
mission packets to transmit all frames uptasr (n). With that,
we can define the packet loss or channel behavas a binary
sequencég0, 1}7(") indicating whether a slice is lost (indicated The H.264 standard defines how a decoder reacts to an
by 1) or correctly received (indicated by 0). Obviously, if a NALerror-free bit stream. In addition, a decoder implementation has
unit with the encapsulated slice is lost, all MBs contained by thidso to deal with transmission errors. As we discussed earlier,
slice are lost. It can be assumed that the decoder is aware of #rig assumed that bit errors are detected by the lower layer
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entities and any remaining transmission error results in a pac [,
loss. Therefore, we address the reaction of the decoder to s [i ¢
losses. Two major issues are important for an error-resilie|
decoder: a robust video decoder has to detect transmiss |
errors, and appropriate concealment on detected errors ha
be applied. In this section, we present how the H.264 test moi
decoder meets the goal of error resiliency.

The error detection capabilities of the test model decoder ¢
based on two assumptions about the error detection operatiol . -
the underlying system. First, bit-erroneous slices are dlscarded
prior to passing the slices to the test model decoder. Second,78-":
ceived data is buffered in a way that the correct decoding order
is recovered. In other words, the test model decoder expeghcealment process. Otherwise, previously concealed neigh-
noncorrupted slices in a correct decoding order. Temporal agéking MBs take part in the process, too. Each pixel value in a
spatial localization of lost packets is left to the decoder. In pauB to be concealed is formed as a weighted sum of the closest
ticular, the decoder has to detect if an entire picture or one [gundary pixels of the selected adjacent MBs. The weight asso-
more slices of a picture were lost. Losses of entire pictures ajfigted with each boundary pixel is relative to the inverse distance
detected using frame numbers associated with each frame BBélveen the pixel to be concealed and the boundary pixel. The
carried in slice headers. A frame numbeis incremented by performance of the intra concealment method is shown in Fig. 7
one for each coded and transmitted frame that is further usedn the motion vector recovery algorithm, the motion activity
for motion compensation. These frames are herein referred tgashe correctly received slices of the current picture is investi-
reference frames. For disposable nonreference pictures, suchaed first. If the average length of a motion vector component
conventional B-pictures, the frame number is incremented relgsmaller than a pre-defined threshold (currently 1/4 pixels), all
tive to the value in the most recent reference frame that precegl@sost slices are copied from co-located positions in the refer-
the disposable picture in the bit-stream order. ence frame. Otherwise, motion-compensated error concealment

The decoder generates a slice structure for each receiy@@sed, and the motion vectors of the lost MBs are predicted
single slice packet and forwards it to the VCL decoder whicks described in the following paragraphs. The image is scanned
maintains a state machine that keeps track of the expecf@d-column-wise from left and right edges to the center of the
frame numbern.. Moreover, the decoder maintains a losgmage. Consecutive lost MBs in a column are concealed starting
indication for each MB within the current picture. At thefrom top and bottom of the lost area toward to center of the
beginning of a new picture, the binary map is reset to indicaggea. This processing order is used to ensure that lost MBs at
that all MBs were lost. If the frame numberof the next slice the center of an image are concealed using as many neighboring
to be decoded equals., the decoder decodes the slice angoncealed MBs as possible.
updates the binary map. if is greater tham,, it is deduced  Each 8x 8 luminance block of a MB to be concealed is han-
that all the received slices of the previous picture have begd separately. If a block has spatially adjacent blocks whose
decoded. Then, the binary map is investigated, and if thgotion vectors are correctly received, these motion vectors and
picture is not fully covered by correctly decoded MBs, a slicgeir reference pictures are used to obtain a candidate prediction
loss is inferred and losses are concealed as presented ingfaek. If all the motion vectors in the adjacent blocks are lost,
following. Moreover, ifn is greater tham,. + 1, the decoder neighboring concealed motion vectors are used similarly. In ad-
infers a loss of pictures and inserts concealed pictures to #ifon, the spatially co-located block from the previous frame
reference picture buffer as if the lost pictures were decodggalways one of the candidates. The candidate prediction block
The concealment is accomplished by copying the previoyshose boundary matching error is the smallest is chosen. The
decoded picture. Finally, the decoder resets the binary map @jefindary matching error is defined as the sum of the pixel-wise
decodes the next slice of the next picture. absolute differences of the adjacent luminance pixels in the con-

Error concealment is a nonnormative feature in the H.2G#aled block and its decoded or concealed neighbor blocks. The

test model. The target for the selected error concealment igdet prediction error block is not concealed. The performance of
provide a basic level of error resiliency for the decoder. Anghe inter-frame concealment is shown in Fig. 8.

error-robust coding scheme proposed for H.264 should be com-
pared against the H.264 test model equipped with the selec d
error concealment algorithms. Two well-known concealment al-
gorithms, weighted pixel value averaging for intra pictures [47] Let us now consider algorithms and rules for the appropriate
and boundary-matching-based motion vector recovery for intelection of different encoding parameters according to the pre-
pictures [48], were tailored for H.264 as summarized below aséntation in Fig. 5 for wireless conversational services. First, the
described in details in [49] and [50]. rate control has to guarantee that the delay jitter is as small as
Weighted pixel value averaging operates as follows. If a Mpossible. A good choice is to adapt for each frame to obtain al-
has not been received, it is concealed from the pixel valuesrobst constant encoding, but keep the QP within one frame con-
spatially adjacent MBs. If a lost MB has at least two correctlgtant. In the case that the highest QP cannot achieve the required
decoded neighboring MBs, only these neighbors are used in Hierate, frame dropping is introduced; otherwise, the frame rate
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expected decoder distortiof,, ., (0, Cr(,)) When encoding
MB m in framen at the decoder by the expected distortion as

I
Dn,m (07 Cﬂ'(n)) = ZEC,(,I) |3n,m,i - <§n,'m,i (07 Cﬂ(n)) |2
i=1

)

where the expectation is over the random process characterizing
the channelC(,,y. With the expected distortion measure, the
Fig. 8. Inter-frame error concealment. mode selection for lossy channels is identical to that in (1) ex-
cept for modified distortion term according to (2). However, the

. . . . . . same parametey [54] and the same set of possible coding op-
is kept constant. Obviously, this results in varying quality dﬁi;ﬁ)ns(’) are used.

pendlng ofth_e complex_|ty ofthe Scene. Low-motion scenes w This leaves the problem of computing the expected decoder
little complexity have higher quality than for example frames %[istortion at the encoder which depends on the coding mode

the beginning of a sequence or at a scene cut. o .

- . ] . o, the channel statistioS'.(,,), and the applied error conceal-
. .AS discussed in Sectlon i, H'2§4/ AVC prowdes alarge erXr'nent in the decoder. The estimate of the expected sample dis-
ibility on the selection of appropriate coding modes. The co

. . . . . - tortion in packet loss environment has been addressed in sev-
cept of selecting appropriate coding options in optimized en-

der desi f i di dards is based sl publications. For example, in [58], [55], or [56], methods
coder designs for many video coding standards is base “on '}?6 estimate the distortion introduced due the transmission er-
oPt'T'?atlor.] a!gorlthms [51]’[52]Z The two cost terms rate rors and the resulting drift are presented. A similar approach
and “distortion” are "”eaf'y co.rr'1b|.ned and.the moda is SEIG.CI%%S recently been proposed within the H.264/AVC standardiza-
EUCCT :.h"?‘t thtﬁ totatl C]?St IIS :ngllmmzc_i. Thlst_can fbe form'\a/llgt? n process which attempts to measure the drift noise between
Oy Ae ining ethse_ c; S; ecgdg tcot.lng OE lons ordqne .th%%coder and decoder [57]. In suboptimal approaches [55]-[57],
- Assuming the infroduced distortion when encoding with g, guantization noise and the distortion introduced by the trans-

fﬁét?;?en;gg:r;igj((r}%ozned dtehc?sicc?r:rsesgc)?sdmg éifmﬁo),' mission errors are linearly combined. The encoder keeps track
A . . /1S the coding .leonof an estimated sample distortion and, therefore, requires addi-
such that the Lagrangian cost functional is minimized, i.e., tional complexity in encoder, which is dependent on the actual
N . method chosen.
o= argf}élg(D(o) +AR(0)) @ The most recognized out of these methods, called recur-
sive optimal per-sample estimate (ROPE) algorithm [58],
with A being the Lagrange parameter for appropriate weightifgovides an estimation by keeping track of the first- and
of rate and distortion. In the H.264/AVC test model, the Lasecond-order moment by iy E {§n,m,i(0,07r(n))}, and
grangian mode selection is used for motion vector search as V\E|{§%_m i(0,Crn))}, respectively. For H.263-like encoding
as MB mode and reference frame selection. Then, for the dlStq@PE dan provide an exact estimate of the expected decoder
tion D(o), the sum of squared sample differences (SSD) or tigstortion. As two moments for each sample have to be tracked
sum of absolute sample difference (SAD) are used, and for fhghe encoder, the added complexity of ROPE is approximately
rate 2(o), the number of bits for the encoding is used. The S@wice the complexity of the decoder. However, the extension
lection of the Lagrange parameter depends on the selected @Pge ROPE algorithm to H.264/AVC is not straightforward.
(for details, see [53]). In addition, the mode selection might bghe in-loop deblocking filter, the fractional sample motion
extended by selecting the appropriate QP for each MB, as $uracy, the complex intra prediction and the advanced error
QP can be changed at least in small ranges for each MB. Thigghcealment require taking into account the expectation of
not considered in the following. products of samples at different positions to obtain an accurate
As discussed in Section IlI-C, the tools for increased err@ktimation which makes the ROPE either infeasible or inaccu-
resilience, in particular those to limit error propagation, do n@hte in this case.
significantly differ from those used for CompreSSion eﬁiCiency. Therefore’ a powerfu] yet Comp|ex method has been intro-
Features like multiframe prediction or intra MB coding arguced into the H.264/AVC test model to estimate the expected
not exclusively error-resilience tools. They are also used #coder distortion [54]. Let us assume that we hveopies of
increase coding efficiency in error-free environments providinge random variable channel behavior at the encoder, denoted as
a trade-off that is left to the encoder. This also means that b@g(n)(k). Additionally, assume that the set of random variables
decisions at the encoder can lead to poor results in codigg(n)(k%k =1,---, K areidenticallyandindependentlylis-
efficiency or error resiliency or both. Therefore, the selectiofiputed (i.i.d.). Then, ag — oo, it follows by the strong law
of the coding mode according to (1) is modified taking intef |arge numbers that
account the influence of the random lossy channel. In the case
of error-prone transmission, the distortion in (1) is replaced X . 9
with the expected decoder distortion when encoding with modg Z |3n,m,i — Sn,myi (C’ﬂ(n)(k)) |
0. Assuming that the encoder can access information about thek=1
channel statistic,(,,), the encoder can get an estimate of the =Ec, . |$nm.i = Snm.i (Crn)) |2 (3)
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holds with probability 1. An interpretation of the left-hand sidseems worth to mention and discuss these concepts in here in
leads to a simple solution of the previously stated problem to efetail as it shows the flexibility of H.264 as well as it provides
timate the expected sample distortion. In the encadesppies motivation for inclusion of feedback in system designs.

of the random variable channel behavior and the decoder are op previous standards and transport environments similar ap-
erated. The reconstruction of the sample value depends on pheaches have already been discussed, usually limited by the
channel behaviof';,, (k) and the decoder including error conteduced syntax capabilities of the video standard. A simple yet
cealment. Thé( copies of channel and decoder pairs in the epowerful approach suitable for video codecs using just one ref-
coder operate independently. Therefore, the expected distort@ance frame such as MPEG-2, H.261, or H.263 version 1 has
at the decoder can be estimated accurately in the encoder ibeen introduced in [61] and [62] under the naener tracking

is chosen large enough. However, the added complexity in td¢hen receiving a NAK on parts of frame — d or the entire
encoder is obviously at leasf times the decoder complexity. framen — d, the encoder attempts to track the error to obtain an
For details on the implementation as well as comparison of sustimate of the quality of frame— 1, which serves as reference
optimal modes based on ROPE, we refer to [54]. for framen. Appropriate actions after having tracked the error

It was later demonstrated in [59] and [60] that a techniquare for example presented in [56], and [61]-[64]. Note that with
known as isolated regions, which combines periodical intra MiBis concept, error propagation in frameis only removed if
coding and limitation of inter prediction, can provide competiframesn — d + 1,...,n — 1 have been received at the decoder
tive simulation results compared to the error-robust MB modethout any error.
selection of H.264 test model, and the best simulation resultsA technique addressing the problem of continuing error
were obtained when the two MB mode-selection algorithmopagation has been introduced, among others, in [65]-[67]
were combined. under the acronyrhNEWPRED. Based on these early nonstan-

The packet size is usually upper bounded by a MTU sizkard compliant solutions in H.263 Annex N [68], a reference
of the underlying network. However, if bit errors cause entirgicture selection (RPS) for each GOB is specified such that the
packet losses, it might be an advantage to reduce the packet $ifeWPRED technique can be applied. RPS can be operated in
Conservative approaches limit the packet or (in our simulatiétwo different modes. In the negative acknowledgment mode
environment) slice size to a fixed number of MBs, e.g., a lingNAM), the encoder only alters its operation in the case of
of MBs is transmitted in one packet. However, this makes eception of a NAK. Then, the encoder attempts to use an
pecially important image parts very susceptible to packet lossatact reference frame for the erroneous GOBs. To completely
as for example suddenly appearing objects need intra codingeiminate error propagation, this mode has to be combined with
high motion areas require an extensive motion vector rate.iddependent segment decoding (ISD) according to Annex R
more suitable, but still conservative, approach is the introduef H.263 [68]. In the positive acknowledgment mode (PAM),
tion of slice boundaries such that slices have almost the sathe encoder is only allowed to reference confirmed GOBs. If
length in number of bytes. This makes all packets similarly sugo GOBs are available to be referenced, intra coding has to
ceptible to bit errors. This method has been proven to work quiie applied. NEWPRED allows to completely eliminate error
well already for MPEG-4 and can also be applied with the fleypropagation in frame, even if additional errors have occurred
ible encoding framework of H.264/AVC. in framesn —d+1,...,n — 1.

The flexibility provided in H.263 Annex U [68] and espe-
cially H.264/AVC to select the MB mode and reference frames
on MB or subMB basis allows incorporating NEWPRED in a

Multiple reference frames used in error-prone environmestraightforward manner [56]. Therefore, let us define three dif-
can most successfully be combined with a feedback chanrfetent states of transmitted packets at the encoder: ACK, NAK,
Due to the bidirectional nature of conversational applicationsnd outstanding acknowledgment (OAK). Then, based on the
it is common that the encoder has knowledge of the expeeixploitation of these messages in the encoder, we discuss three
enced channel at the decoder, usually with a small delay. frodes which can elegantly be integrated into the R-D optimized
our framework this can be expressed by the knowledge ofrede selection according to (1).
d-frame delayed version of the random chanfig|,,_, at the 1) Feedback Mode 1: Restricting Reference Areas to
encoder. This characteristic can be conveyed from the decodeA@K: In this case, the reference area is restricted to frames or
the encoder by acknowledging correctly received slices (ACKlices which have been acknowledged. This can be formalized
sending a not-acknowledge message (NAK) for missing slicies the context of (1) by applying the encoding distortion
or both types of messages. In general, it can be assumed that/#tie) in (1), but altering the accessible coding opti@such
reverse channel is error-free and the overhead is negligible that only acknowledged areas can be used for reference. In
common data transmission applications, the lost packets woalddition, if no reference area is available, or if no satisfying
obviously be re-transmitted. However, in a low-delay envirommatch is found in the allowed area, intra coding is applied.
ment, this is not feasible, but the observed channel charactlthough in the presentation of a single frame an error might
istic are still useful at the encoder even if the erroneous frarbe visible, error propagation and reference frame mismatch
has already been decoded and concealed. The support of thetereen encoder can be completely avoided independent of the
techniques is out of the focus of the standardization of H.26drror concealment applied at the decoder if correctly decoded
and a full support of the presented concepts might not be peamples are not altered. However, in the used test model IM1.7,
sible with current transport and control protocols. However, the deblocking filter operation in the motion-compensation
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loop is applied over slice boundaries, which restricts the areadweer 100 transmission and decoding runs. The 100 starting posi-
be referenced significantly, or a complete removal of encodéons for the error patterns have been selected such that they are
and decoder mismatch is not possible. Although the influenaémost equally distributed over the error pattern. For all compa-
of this mismatch is, in general, negligible, in the final design ahble results, the same starting positions and, therefore, the same
H.264/AVC the deblocking filter can adaptively be switched oohannel statistics have been applied. In addition, we present re-
and off at slice boundaries to allow mismatch-free operation.sults for the cumulative distribution of the decoded luminance

2) Feedback Mode 2: Referencing ACK and Error Conceald®SNR for each frame, i.e., the likelihood that the PSNR of the
NAK: In this case, the reference area is again restricted; hdfnames of the sequence is smaller than the value on the x axis.
ever, in addition to acknowledged areas, also the areas whidkis shows the variance in the decoded quality. It is assumed
the decoder signaled as lost can be referenced. Therefore,ttfa the high-level syntax parameters have been transmitted in
reference frames in the encoders multi-frame frame buffer advance and out-of-band applying a reliable setup protocol. The
updated with reception of each ACK and NAK by applyindNAL overhead, the RTP/UDP/IP overhead after RoHC, and the
the identical error concealment as the decoder applies. Thidik layer overhead is taken into account in the bit-rate con-
obviously very critical, as the error concealment is—for goostraints according to [25].
reasons—nonnormative in common video coding standards in+or the following simulations, we concentrate on test case 5
cluding H.264/AVC. Only if the encoder is aware of the defrom [25], which includes the QCIF test sequence “Foreman”
coder’s error concealment by any external means, this mode ¢a0 Hz, 300 frames) at a constant frame rate of 7.5 Hz at bit-error
provide benefits compared to feedback mode 1. In the contgetttern 3 according to Table Il, i.e., a mobile user at 3 km/h
of the mode decision in (1), we have again a restricted setarfd maximum bit-rate 64 kbit/s. This is the most critical case
coding mode® and, in addition, the encoding distortion is rein terms of error probability, additional test results will be made
placed by the deterministic decoder distortion. available online. For the following tests, entropy coding based

3) Feedback Mode 3: Unrestricted Reference Areas With Eom the UVLC and only one reference frame has been applied, if
pected Distortion Updating:In [56] and [58], techniques have not stated otherwise. The encoded sequences are I-P-P-P... se-
been proposed which allow combining the error-resilient MBuences; B-pictures are excluded due to the unacceptable delay
mode selection with feedback information. In this case, the ervolved in the encoding process. Note that due to the repeated
pected decoder distortion computation is altered such that, tecoding of an encoded file, every 75th frame is an I-frame, i.e.,
all packetsl, ..., w(n — d), the channel is deterministic at thean I-frame occurs every 10 s. Constrained intra has been used
encoder, and the expected distortion is computed for the packetavoid error propagation from inter MBs to intra MBs. For
with status OAK. In our case, packets containing MBs in framesdl encoding runs, R-D optimized mode selection and motion
m(n—d)+1,...,7(n) are random. The set of selectable codingector selection according to (1) have been used. The distortion
options O is not altered compared to pure coding efficiency) (o) and the set of coding modésis appropriately selected ac-
mode selection. This method is especially beneficial comparearding to the applied features. In the case of using the expected
to mode 1 and 2, if the feedback is significantly delayed. In trédecoder distortion, the number of decoders operated in the en-
case of the multiple decoder approach, this can be integrateccloger has been fixed thn = 100. Unless stated otherwise, the
applying feedback mode 2 not only to the reference frames, lautor concealment in the decoder is based on the advanced error
also to all decoders in the encoder. In combination with ROP&pncealment as presented in Section IV-B, whereas the multiple
however, the complexity of this method increases since the naecoders in the encoder always apply previous frame conceal-

ments of the previoud frames have to be re-tracked [58]. ment. This reduces encoding complexity significantly and re-
sults only in negligible performance losses for the investigated
cases.
V. SELECTED SIMULATION RESULTS FORDIFFERENT SYSTEM
CONCEPTS B. Low-Delay Rate Control
A. Simulation Conditions and Evaluation Criteria Version JM1.7 of the H.264/AVC test model encoder which is

) ) ) ) used in the experiments does notinclude arate control to achieve

In the following, we will present simulation results based 0 constant bit rate for wireless conversational services. More-
the test conditions that show the influence of the selection gfer, the rate control introduced in later versions of H.264/AVC
different error-resilience features for the quality of the decodgglst model encoder is not suitable for constant rate encoding. For
images. For all following tests the H.264/AVC test model softyis reason we have added a rate control which provides an al-
ware version JM1.7 is used. Note that in the final standard [Jhost constant bit-rate encoding for each frame by adapting the
the zig-zag scanning and run-length coding is replaced by c@fp for each frame appropriately. Therefore, before we inves-
text-adaptive variable length codes (CVLC). All UVLCs are reggate the error-resilience features in H.264/AVC, we will first
placed by CVLC, which are adapted to the statistics of differepfcys on the effect of bit-rate control that is necessary for con-
syntax elements. In addition, quantizer values have been shiftgdnt pit-rate conversational applications. Fig. 9 shows the cu-
However, all changes from JM1.7 to the final standard are gf jative distribution of the encoding PSNR for the applied rate
little relevance to the presented results and conclusions in tRishirol and a fixed QP such that both encoded files result in the
paper.

The reported PSNR is the arithmetic mean over the decodeel,,  .qditonal  simulation  results we  refer 1o
luminance PSNR over all frames of the encoded sequence amgl//www.Int.ei.tum.de/~stockhammer. '
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Fig. 9. Cumulative distribution of encoding luminance PSNR for each framigg. 10. Cumulative distribution of decoded PSNR for different NAL unit
for constant QP 17 and constant bit rate such that rate constraint of 64 kbit/sdgksyre rates for the estimation of the expected distortion in the encoder.
UMTS s fulfilled.

same total bit-rate, and, additionally the file can be transmitt¥4hereas in the case of no error resilience, the probability of
over the 64 kbit/s link including NAL unit, packet, and link layefad frames (frames below 22 dB) is at an unacceptable ratio of
overhead. However, the fixed QP results in an extremely varyif§out 30%, for loss-aware coding, this is reduced significantly
data rate and, therefore, the introduced delay jitter is not acceigtless than 8%. It is also obvious that if the expected error rate
able. In the encoding process, no error-resilience tools have b8&{ches the experienced error rate on the channel, the perfor-
used, i.e., one frame is encapsulated into one NAL unitpfer) Mance is optimal (seg = 4%). However, it can also be seen
the encoding distortion is applied, and the set of coding mod&a&t a mismatch in the expected error rate in the encoder does
O is unrestricted. not have significant influence. The performance et 2% and

The average PSNR for the rate control is about 0.8 dB beldw= 6% is only slightly inferior to the matching expected error
the PSNR for the fixed QP. In addition, the probability for lowate. Therefore, a rough estimation of the expected decoder dis-
encoded PSNR is significantly higher as for complex scenes #Q&tion at the encoder seems to be good enough for a good mode
QP has to be adapted appropriately. Therefore, it can be s&glection. Note the significant loss in average PSNR for wireless
that the rate control necessary for conversational applicatidi@nsmission compared to the error-free transmission according
involves an inherent decrease in quality if the average PSNR9sFig. 9 of more than 5 dB.
the measure of interest.

D. Slices and Error Concealment

C. R — E{D}-Optimized MB Mode Selection The introduction of slices in the encoding has two beneficial

In this section we investigate the performance of the systeampects when transmitting over wireless channels, but adversely
in case that the channel statistics are taken into account into #fifects the coding efficiency due to increased packet overhead
selection of the coding options in the encoder. For this purpoaed reduced prediction within one frame, as e.g., motion vector
we replace the encoding distortid? o) in (1) by the expected prediction and spatial intra prediction is not allowed over slice
decoder distortion assuming a channel producing independbatindaries. The two positive effects with the introduction of
packet losses with probabilify. As we use the mapping of oneslices are the reduced error probability of shorter packets (see
frame to one transport packet and apply the strict rate contfay. 4) and, the re-synchronization possibility within one frame.
producing almost a constant number of bytes for each encodétk latter technique allows restarting the decoding process at
frame, the size of each frame results in roughly 1000 bytes. Téach slice and, in addition, it allows applying advanced error
corresponding loss rate for packets of this size for bit-error pasncealmentas for example presented in Section IV-B. However,
tern 3 is approximately 4%-5% according to Fig. 4. Fig. 1for packet-lossy transmission over the Internet, the introduction
shows the cumulative distribution of decoded PSNR for difyf slices does not, ingeneral, provide gains inthe decoded quality
ferent NAL unit erasure rates= {0,0.02,0.04,0.06} for the [69] as long as the slice size is below the MTU size, as the loss
estimation of the expected distortion in the encoder. Looking @t a packet is then independent of its length. This is different
the results for the average PSNR, it can be seen that the infim-wireless transmission: Fig. 11 shows the average decoded
duction of loss-aware R-D optimizatigp > 0) increases the PSNRfor differentnumber of packets perfraivigand MB mode
decoded quality significantly compared to the results with pudecision with encoding distortion. The experimental conditions
encoding distortiolp = 0). The average PSNR increases by are similar to the above section otherwise. For a given number
least 3 dB when compared to the to pure R-D optimization. Tl packets per frame, the size of each packet is selected such
advantage oR— E{ D} optimization is even more evident whenthat the packets roughly have the same number of bytes. This
looking at the cumulative distribution of the different strategiesnakes their susceptibility to bit errors almost identical.

Google Exhibit No. 1027
Page 013



670 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 13, NO. 7, JULY 2003

31 T T T T T

1 T T T — T T

p=4%, N =1, Mean 29.1163 dB
— P=1%, N_=10, Mean 30.7885 dB

SN SO0 SOOI SOOI SO RS SR R o5l v--p=0%,N=1o,Mean30-0475dB' TR P 4

30

2951 -

o
)
T

average decoded Y-PSNR in dB
2
o
T
o
'S
T

Prob{decoded PSNR < psnr}
o
o
T

o
w
T

- previous frame copy :
= = advanced error concealment :

o
[
T
1

26 L L L ) 1 L L 0.1

6 8 10 12 14 16 s
Number of packets per frame N == ; I 1

20 22 24 26 218 3|0 32 34 36 38
Fig.11. Average decoded PSNR for different number of packets per frame ¢ psnrin dB

different error-concealment schemes; mode selection with encodingdistorti&pg 12 Cumulative distribution of decoded PSNR for different

error-resilience strategies? — E{D}-optimized intra updates with and

. . without slice structuring and delay = 2 for different assumed loss
The average decoded PSNR is shown for previous frame cQfbabilitiesp. 9 Y

error concealment and advanced error concealment according to

Section IV-B. The benefit of introducing slice structuring in the

encoding process is obvious from the resuilts. Compared to fif€S: the number of packets per frame is selected,as 10
“one frame—one packet” mode indicated by, = 1 the intro- and, therefore, the appropriate loss probability to compute the

duction of shorter packets increases the decoded quality sigfifPected decoder distortion according to Fig. 4 is apedtl %.

icantly for both error concealment methods. For aliEit= 6, bi Th? avefral;gehdecoded P,I,SNR |nd|ﬁates that an (;ptlmlzed chomf-
the curve flattens out and decreases again for higher 12 ination of both error-resilience schemes outperforms each o

due to increasing packet overhead and the reduced compresg?grpresented error-resili_enc_e schemes significantly. The result
efficiency. Although a clear maximum cannot be determineg‘,at shce-gtructured coding is superior to intra updates_ cann_ot
for the wireless environment according to our test condition e generalized for all sequences. The repeated I-frame msertlo_n
a reasonable number of packets per frame is about 10. Thear@gI th.e. camera pan in _the t?St sequence “For_eman” results in
sulting packet size in this case is in the range of 100 bytes. Hogv_5|gn|f|cant amount of intra information, even if only the en-

ever, note that for the simulations, RoHC was applied, which r%Qding distortion is chosen in the mode selection. This might

duces the typical IP/UDP/RTP overhead from 40 bytes to abdmange for different or Ic_mge_r sequences with less intra informa-
3 bytes and, therefore, the packetization overhead is less sigHﬂp' From _the cumulative distribution, it can be obse_rved that
probability for bad frames below 22 dB in PSNR is almost

icant. The benefits of the advanced error concealment are aH%‘B_ s ) .
ishing for the combined mode. The presented results indicate

obvious from Fig. 11. As can be seen, the gains for advanc toli ) binati ith ad q | toi
error concealment increase with increasing number of packdfiét Slices in combination with advanced error concealment sig-

as better concealment is possible due to increased numbep'gfamly outperform the single packet for one fram_e a_Lppr_oach.
neighboring MBs in case of losing a single slice However, the loss compared to error-free transmission is still

For the experiments in Fig. 11, no explicit means to reduce tﬁBOUt 4dBin average PSNR. . .
F-rom the results, it can be conjectured that for wireless trans-

error propagation have been used. However, we can obviously ) ; ) A )
combine the MB mode selection based on the expected deco@%s'on as investigated in this case, other approaches, which
ce the artifacts within one frame, might provide additional

distortion with the slice structured coding. As indicated, the lo$§94¢ art VIdE .
rate for decreased packet size decreases compared to the s ?{ﬂ?f'ts' This mcludes concepts such as FMO‘ sI|cg mtgrleaymg,
packet for one frame. The loss rate can be estimated by dividgEVen 9eneric forward-error correction in combination with
the approximated number of bytes for each frame, roughly 10 AL unit fragmentation §9heme as recently introduced in
bytes, by the number of packets. The loss probability can th draft RTP Pay'O"?‘d specmcajuon for H.264/AVC [19] AIS.O’
again be estimated with Fig. 4 using the resulting average packafd partitioning with appropriate unequal error protection
length. The combination of slice-structured coding and adapti_might e_nhance the quality of the decoded video. In _addmon,
intra MB updates has been investigated and a comparison H? conjectured from the results that a better adaptation of the

the best cases of the previous two system designs is provi 55 layer error protection scheme with appropriate interleaving

in Fig. 12 based on the cumulative distribution of the decodé:&‘UICI increase the overall system performance. These features

PSNR. For the slice-structured coding with encoding distortiéH® currently investigated and are subject of future work.
(p = 0%) the number of packets is selected\gs= 10. For the
expected decoder distortion without slice-structuiivg = 1),
the adapted loss-rate= 4% is chosen. Finally, for the combi-  Finally, we investigate a system which exploits multiple ref-

nation of slice-structured coding and channel-adaptive intra ugrence frames and network feedback. We restrict our simula-
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) lost frames are tolerable, it is better to use no slice structured
oe : : I : | coding than harming the compression efficiency. For increased
05 b Jo......] feedback delayl = 4, the curves are shifted to the left com-

pared to feedback delay 2. However, the: 4 andN,, = 1 per-
forms almost as well as the best case without feedback. There-
{1 fore, in the case of available feedback, this very simple system
without considering expected decoder distortion and slice struc-
turing and just relying on multiple reference frames outperforms
4 many highly sophisticated error-resilience schemes as long as
= ; : : the delay of the feedback is reasonable. The combination of
20 22 24 2 2 e a2 34 36 3 these methods according to feedback mode 3 is currently inves-
tigated and should allow adaptively selecting the best methods,
powever, with significantly increased encoding complexity.
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Fig. 13. Cumulative distribution of decoded PSNR for differen
error-resilience strategies: R-D-optimized intra updates with slice structuring,
and feedback mode 2 with and without slice structuring for délay 2 and

d = 4. VI. CONCLUSIONS

H.264/AVC promises some significant advances of the

tion results to feedback mode 2 according to the presentatiorsiate-of-the-art of standardized video coding in mobile appli-
Section IV-D with advanced error concealment. There are tfgtions. In addition to excellent coding efficiency, the design
reasons for this. On the one hand, the deblocking and mismaéhH-264/AVC also takes into account network adaptation
problem present for JM1.7 can be avoided. On the other hand?pViding large flexibility for its use in wireless applications.
has been shown previously that feedback mode 1 and feedbaBg t©0IS provided in H.264/AVC for error resilience do not
mode 2 result in almost identical performance [70]. ThereforBecessarily differ from the compression efficiency features
we chose feedback mode 2 due to the simpler implementatiéH,Ch as intra MBs or multiple reference frames. However, in the
at least in our simulation environment. Feedback mode 3 is &@S€ of error-prone transmission, the selection methods have
cluded as, on the one hand, the complexity of this mode is rath@r€ changed by using the expected decoder distortion or by
high and, on the other hand, as we operate with low feedbd&ticting the set of accessible codlng options. In experimental
delays, the expected benefits are only marginal. In contrast'&Ults based on common test conditions, it has been shown
the previous simulations, we use five reference frames for tH@t in case without any feedback, several slices in combination
feedback mode. Fig. 13 shows the cumulative distribution of d¢ith channel-adaptive R-D optimized mode selection is a
coded PSNR for different error-resilience strategies: R-D-opfIomising approach. In this case, further investigation with
mized intra updates with slice structuring, as well as feedbagfvanced error-resilience tools such as flexible MB ordering,
mode 2 with and without slice structuring for deldy= 2 and data partitioning, and generic forward error correction, might

d = 4 frames, which corresponds to a round-trip time of aboffovide benefits. However, in the case of available feedback,
250 and 500 ms, respectively. the application of multiple reference frames to exclude error
Let us focus on the delay = 2 case first. The results in- propagation without slice structuring provides excellent results.

dicate that the optimized intra mode with slice structuring and

MB mode selection with expected decoder distortion and feed- ACKNOWLEDGMENT
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