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ABSTRACT 
This paper describes standard compliant enhancements of 

the currently developed JVT coding algorithms for transmis-
sion over fixed and wireless IP-based networks. This includes 
a description of JVT coding algorithm and the adaptation to 
IP-based networks. The error resilience features within the 
JVT coding algorithm are presented in greater detail. Stan-
dard compliant encoder and decoder enhancements as well as 
the exploitation of network information to improve the quality 
in packet lossy environments are presented. Pointers and 
references to well-known and successfully applied error resil-
ience schemes in prior video coding standards are provided. 
Different schemes are compared and appropriate experimen-
tal results based on common test conditions are presented and 
discussed. 

1 INTRODUCTION  
Since 1997, the ITU-T’s Video Coding Experts Group 
(VCEG) has been working on a new video coding standard 
with the internal denomination H.26L. In late 2001, the Mov-
ing Picture Expert Group (MPEG) and VCEG decided to 
work together as a Joint Video Team (JVT), and to create a 
single technical design for a forthcoming ITU-T Recommen-
dation and for a new part of the MPEG-4 standard based on 
the current committee draft version 1 (CD-1) of JVT coding 
[2]1. Since the meeting in May 2002 the technical specifica-
tion is almost frozen and the presented concepts in this work 
will very likely be part of the final standard. The primary goals 
of the JVT project are improved coding efficiency, improved 
network adaptation and simple syntax specification. The 
syntax of JVT coding should permit an average reduction in 
bit rate by 50% compared to all previous standards for a simi-
lar degree of encoder optimization. Recent results show that 
this performance is easily achieved [3], [4]. This makes JVT 
coding an attractive candidate for many applications including 
fixed and wireless video transmission over the Internet Proto-
col (IP) [5]. However, to allow transmission in different envi-
ronments not only coding efficiency is relevant, but also seam-
less and easy integration of the coded video into all current 
and possible future protocol and multiplex architectures and 
enhanced error resilience features are of major importance. 

Previous video coding standards, such as MPEG-2 [5], 
MPEG-4 [7] and H.263 [8], were mainly designed for special 
applications or transport protocols usually in a circuit-
switched or bit-stream oriented environment although they 
have been adapted to different transport protocols later on. 
JVT experts have taken into account transmission over packet-
based networks in the video codec design from the very be-
                                                                 
1 All referenced standard documents can be accessed via 
anonymous ftp at ftp://standard.pictel.com/video_site, 
ftp://ftp.imtc-files.org/jvt-experts or ftp://ftp.ietf.org/. 
  

ginning. This is as IP-based standard compliant video trans-
mission has attained significant interest recently. Typical 
applications include conversational services, such as video-
telephony, and videoconferencing, streaming services or 
multimedia messaging services (MMS). In addition to tradi-
tional fixed Internet video conversational services, especially 
the video transmission over third generation mobile systems 
will be mainly packet-based. A mobile video codec design 
must minimize terminal complexity while remaining consis-
tent with the efficiency and robustness goals of the design. For 
sufficient quality hardware support is necessary and this 
makes standard solutions in wireless environments even for 
streaming and MMS very attractive. 

Video over IP is usually transported either by downloading 
complete bit streams (MMS) using reliable end-to-end proto-
cols such as Transmission Control Protocol over IP (TCP/IP) 
[9], or by real-time transmission. The latter one applied for 
conversational or streaming services over IP networks usually 
employs IP [5] on the network layer, User Datagram protocol 
(UDP) [10] on the transport layer, and real-time transport 
protocol (RTP) [11] and accompanying RTP payload specifi-
cations, e.g. for MPEG-2 [12] for MPEG-4 [13] and for H.263 
[14] on the application layer. However, UDP offers only a 
simple, unreliable datagram transport service: packets may get 
lost, duplicated, or re-ordered on their way from the source to 
the destination due network congestion, buffer overflows in 
intermediate routers or frame losses on mobile links.  

The highly complex temporal and spatial prediction mecha-
nisms included in modern video codecs like JVT coding result 
in catastrophic error propagation in case of packet losses. 
Then, the use of error resilience techniques in the source 
codec becomes important. Many schemes have been pre-
sented, investigated and assessed. For details, we refer to [15], 
[16], [17], [18], [19], [20] and references therein. The prime 
goal of his work is the adaptation of well-known and success-
fully applied techniques to JVT coding. Therefore, the re-
mainder of this work is structured as follows: We will provide 
a concise overview over the JVT standard in Section 2. Sec-
tion 3 presents error resilience tools in JVT coding. Section 4 
and 5 discuss standard compliant enhancements of the JVT 
codec for increased packet loss resilience. Some concluding 
remarks will be provided in Section 6. 

2 THE JVT VIDEO CODING STANDARD  

2.1 Overview: JVT in Transport Environment  
According to Figure 1, the JVT codec design distinguishes 
between two different conceptual layers, the Video Coding 
Layer (VCL), and the Network Abstraction Layer (NAL). 
Both the VCL and the NAL are part of the JVT standard. 
Additionally, interface specifications are required to different 
transport protocols, to be specified by the responsible stan-
dardization bodies. Furthermore, the exact transport and en-
capsulation of JVT data for different transport systems, such 
as H.320 [21], MPEG-2 Systems [5], and RTP/IP, are also 
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outside the scope of the JVT standardization. The NAL de-
coder interface is normatively defined in the JVT coding 
standard, whereas the interface between the VCL and the 
NAL is conceptual and helps in describing and separating the 
tasks of the VCL and the NAL. The VCL specifies an efficient 
representation for the coded video signal. The NAL abstracts 
the VCL from the details of the transport layer used to carry 
the VCL data. It defines a generic and network independent 
representation for information above the level of the slice. 
Both, VCL and NAL are media-aware, i.e. they may know 
properties and constraints of the underlying networks, such as 
the prevailing or expected packet loss rate, maximum trnasfer 
unit (MTU) size, and transmission delay jitter. 
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Video Coding Layer
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Layer Encoder

Video Coding Layer
Decoder
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Layer Decoder
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Figure 1: The JVT Standard in Transport Environment 

Transport protocols are very heterogeneous in terms of reli-
ability, Quality-of-Service guarantees, encapsulation, and 
timing support. Moreover, transport systems differ in terms of 
internal setup and configuration protocol availability. For 
conversational applications, the usage of setup and configura-
tion protocols for capability exchange, such as SIP/SDP [22], 
[23] for IP-based applications and H.245 in H.324 systems 
[24], is relatively common. For broadcast and multicast appli-
cations the session announcement protocol (SAP) [22] is 
usually applied or systems specifications like MPEG-2 sys-
tems [6] define appropriate announcement messages. The 
mapping specification of JVT coded data to transport proto-
cols is completely outside of the JVT standardization effort. 
However, the NAL concept provides on one hand significant 
flexibility to integrate JVT coded data into existing and future 
networks, and, on the other hand, it also takes care of main-
taining a sufficient common basis to facilitate gateway design 
between different transport protocols.  

2.2 Video Coding Layer – Compression Tools 
Although the design of the JVT codec basically follows the 
design of prior video coding standards such as MPEG-2, 
H.263, and MPEG-4, it contains many new features that en-
able it to achieve a significant improvement in terms of com-
pression efficiency. We will briefly highlight those, for more 
details we refer to [1], [2] and [4]. In the following we de-
scribe working draft version 2 (WD-2) [1] in greater detail as 
the software used in the experiments reflects the status of WD-
2. We will briefly present major changes from WD-2 to CD-1 
at the end of this section. In JVT coding according to WD-2, 
blocks of 4x4 samples are used for transform coding, and thus 
a macroblock (MB) consists of 16 luminance and 4 blocks for 
each chrominance component. Conventional picture types 
known as I- and P-pictures are supported. Furthermore, JVT 
coding supports multi-frame motion-compensated prediction 
(MCP). That is, more than one prior coded picture can be used 
as reference for the motion compensation. Encoder and de-
coder have to store already coded pictures in a multi-frame 
buffer. A generalized frame-buffering concept has been 
adopted allowing MCP not just from previous frames but also 
from future frames. For that, a flexible and efficient signaling 

method has been adopted. In addition, JVT coding permits 
generalized B-Pictures allowing two prediction signals per 
block but reference more than one picture. However, with 
appropriate multiple reference frame handling the well-known 
functionality of disposable B-pictures known from, e.g., 
MPEG-2 [5] is still supported. This allows for example tem-
poral scalability. To simplify stream switching JVT provides 
S-pictures; for details and applications, see [37]. 

A MB can always be coded in one of several INTRA-modes. 
There are two classes of INTRA coding modes, one which 
basically allows coding flat regions with low frequency com-
ponents and one which allows to code details in a very effi-
cient way utilizing prediction in the spatial domain by refer-
ring neighboring samples of already coded blocks. In addition 
to the INTRA-modes, various efficient INTER-modes are 
specified in JVT coding. In addition to the SKIP-mode that 
means just copying the content from the same position from 
the previous picture, seven motion-compensated coding 
modes are available for MBs in P-pictures. Each motion-
compensated mode corresponds to a specific partition of the 
MB into fixed size blocks used for motion description. Cur-
rently, blocks with sizes of 16x16, 16x8, 8x16, 8x8, 8x4, 4x8, 
and 4x4 samples are supported by the syntax, and thus up to 
16 motion vectors maybe transmitted for a MB.  

The JVT coding syntax supports quarter-sample accurate 
motion compensation. The motion vector components are 
differentially coded using either median or directional predic-
tion from neighboring blocks. The chosen prediction depends 
on the block shape and the position inside the MB. JVT cod-
ing is basically similar to other prior coding standards in that 
it utilizes transform coding of the prediction error signal. 
However, in JVT coding the transformation is applied to 4x4 
blocks and, instead of the DCT, JVT coding uses a separable 
integer transform similar to a 4x4 DCT. Since the inverse 
transform is defined by exact integer operations, inverse-
transform mismatches are avoided. Appropriate transforms are 
used to the four DC-coefficients of each chrominance compo-
nent (2x2 transform) and the INTRA16x16-mode (repeated 
4x4). 

For the quantization of transform coefficients, JVT coding 
uses scalar quantization. The quantizers are arranged in a way 
that there is an increase of approximately 12.5% from one 
quantization parameter (QP) to the next. The quantized trans-
form coefficients are scanned in a zig-zag fashion and con-
verted into coding symbols by run-length coding (RLC). All 
syntax elements of a MB including the coding symbols ob-
tained after RLC are conveyed by entropy coding methods. 

JVT coding supports two method of entropy coding. The 
first one called Universal Variable Length Coding (UVLC) 
uses one single infinite-extend codeword set. Instead of de-
signing a different VLC table for each syntax element, only 
the mapping to the single UVLC table is customized accord-
ing to the data statistics. The efficiency of entropy coding is 
improved if Context-Adaptive Binary Arithmetic Coding 
(CABAC) is used that allows the assignment of non-integer 
numbers of bits to each symbol of an alphabet. Additionally, 
the usage of adaptive codes permits the adjustment to non-
stationary symbol statistic and context modeling allows for 
exploiting statistical dependencies between symbols. How-
ever, we will use the UVLC method in the remainder of this 
work as CABAC is likely only part of a high coding efficiency 
profile. For removing block-edge artifacts, the JVT coding 
design includes an inloop deblocking filter. The JVT coding 
block edge filter is applied inside the motion prediction loop. 
The filtering strength is adaptively controlled by the values of 
several syntax elements. 

In CD-1 [2] the zig-zag scanning and run-length coding is 
replaced by context-adaptive variable length codes (CVLC). 
All UVLCs are replaced by CVLC which are adapted to the 
statistics of different syntax elements. In addition, quantizer 
values have been shifted. For high-complexity modes an 
Adaptive Block Transform (ABT) with similar properties as 
the 4x4 integer transform allowing different transform sizes up 
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to 16x16 has been introduced. However, all changes from 
WD-2 to CD-1 are of little relevance to the presented results 
and conclusions in this paper.  

2.3 Network Abstraction Layer and IP-Based Transmis-
sion over Fixed and Wireless Networks 

The Network Abstraction Layer of JVT video defines the 
interface between the video codec itself and the outside world. 
It operates on Network Abstraction Layer Units (NALUs) 
which give support for the packet-based approach of most 
existing networks. At the NAL decoder interface it is assumed 
that the NALUs are delivered in transmission order and that 
packets are either received correctly, are lost, or an error flag 
in the NALU header is set if the payload contains bit errors.  

A NALU consists of a one-byte header and a bit string that 
is, in most cases, the bits representing the MBs of a slice.  The 
header byte itself consists of the aforementioned error flag, a 
priority field to, e.g. signal disposable NALUs, and the NALU 
type. The NAL payload type either indicates the included 
video data type, i.e. single slice packet or one of three data 
partitions, or high-level information, such as random access 
points, parameter set information, or supplemental enhance-
ment information. The NAL specification provides means to 
transport high-level syntax, i.e., syntax which is assigned to 
more than one slice, e.g. to a picture, a group of pictures or to 
an entire sequence. The applied parameter concept used in 
JVT is significantly different to previous video coding stan-
dards as NALUs are self-contained packets. High-level 
information is stored in parameter sets. Each parameter set can 
be transmitted in the session setup or during the session in an 
asynchronous and reliable way well before the synchronous 
video data references it. In IP environments for example, the 
Session Description Protocol (SDP) [23] can be used to define 
parameter sets that are conveyed reliably using Session Initia-
tion Protocol (SIP) [22] or Real Time Streaming Protocol 
(RTSP) [26]. No redundancy coding techniques for headers 
are necessary, because there are no headers above the slice 
header due to the Parameter Set concept. The standardization 
process of the RTP payload specification for JVT [26] is still 
an ongoing process. However, the draft RTP payload specifi-
cation is aligned to the goal of simple syntax specification and 
expects that NALUs are transmitted directly as the RTP pay-
load except for the additional concept of aggregation packets. 

For packet-switched real-time services, the third generation 
partnership project (3GPP) has chosen to use SIP and SDP 
[28] for call control and RTP for media transport [29]. Figure 
2 shows the packetization of an NALU through the 3GPP user 
plane protocol stack. The NALU is mapped to an RTP pay-
load according to [26]. After Robust Header Compression 
(RoHC) [30] this IP/UDP/RTP packet is finally encapsulated 
to a Radio Link Control (RLC)-SDU. If any of the RLC-PDUs 
containing data from a certain RLC-SDU has not been re-
ceived correctly, the RLC-SDU is typically discarded. The 
RLC/RLP layer can and should perform re-transmissions if the 
application has relaxed delay constraints as typical for stream-
ing services. However, especially in conversational applica-
tions RLC retransmissions are not feasible due to stringent 
delay constraints; then, an erroneous RLC frame usually re-
sults in a loss of the entire IP/RTP packet and the included 
NAL unit. 
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Figure 2: Packetization of NAL units through 3GPP user 

plane protocol stack 

Usually two kinds of errors are present in today’s transmis-
sion systems: bit inversion errors or packet losses. Combina-
tions of both are also possible, especially when transmitting 
over heterogeneous networks including wireless networks. 
However, all relevant protocols or multiplexer including 

UDP/IP and almost all underlying mobile systems include 
packet loss and bit error detection capabilities applying se-
quence numbering and block check sequences, respectively. 
Therefore, it can be assumed that a vast majority of erroneous 
transmission packets can be detected. Some research has been 
conducted in decoding bit-error prone video packets, and, in 
very few scenarios, gains have been reported. However, in the 
design of the JVT video codec bit-erroneous NALUs are 
ignored. On the one hand, this simplifies standard design and 
test model software implementation. On the other hand very 
few transport protocols and receivers process bit-error prone 
packets as the expected gain is marginal compared to the 
associated implementation costs. However, the error indica-
tion flag in NALU header provides flexibility. In the remain-
der of this work we will focus on packet-lossy transmission. 

2.4 Common IP-based Test Conditions 
The JVT acknowledged the importance of IP-based trans-

mission over fixed and wireless networks by adopting a set of 
common test conditions for fixed and mobile IP based trans-
mission, in [31] and [32], respectively. These test conditions 
allow for selecting appropriate coding features, testing and 
evaluating error resilience tools, and producing meaningful 
anchor results. The common defined test case combinations 
include fixed Internet conversational services as well as 
packet-switched conversational services and packet-switched 
streaming services over 3G mobile networks. Also included is 
simplified offline network simulation software, which uses 
appropriate error patterns captured under realistic transmission 
conditions. Anchor video sequences, appropriate bit rates and 
evaluation criteria are specified. Extensive results for Internet 
and mobile test conditions are presented for example in [33], 
[34], and [35]. In the remainder we will only present results 
for a small but representative selection of the common Internet 
test conditions. The applied test case combinations include the 
QCIF sequences Foreman and Hall Monitor with frame rate 
30 frames per second (fps). The first 300 frames of the origi-
nal sequence are encoded at a frame rate of 7.5 fps for Fore-
man and 15 fps for Hall Monitor applying an IPPP… se-
quence. Although QCIF resolution will mainly be used in 
wireless IP-based environments, it also provides a good indi-
cation on the performance of JVT coding for fixed Internet 
with CIF or even higher spatial resolution. As the current JVT 
test model software does not include a rate control we chose to 
present the results when encoding the sequence with a fixed 
quantization parameter. For all test results we encoded the 
sequence with the quantization parameter 

�����������	��
��
 � �  
(according to WD-2) and measured the resulting total bit rate 
including a 40 byte IP/UDP/RTP header for each transmitted 
NALU. As performance measure we chose the commonly 
applied averaged Peak-Signal-to-Noise ratio of the luminance 
component (Y-PSNR) where the average is taken over all 
encoded frames. For all experiments we transmitted at least 
3000 frames to obtain sufficient statistics. The only applied 
channel error pattern is one of four different Internet error 
patterns captured from real-world measurements [36]. This 
error pattern results in a packet loss rate of approximately 
10%. For simplicity we did not consider the mobile test condi-
tions where the packet loss rate depends on the length of the 
packets as the probability that a short packet is hit by a bit 
error is lower than the loss probability for a long packet. 
However, the general results provided here also apply to 
transmission over wireless channels. Some pointers and fur-
ther explanation will follow.   

3 ERROR RESILIENCE FEATURES  
IN JVT AND IP-BASED NETWORKS  

3.1 System Overview and Problem Formulation 
The investigated video transmission system is shown in Figure 
3. JVT video encoding is based on a sequential encoding of 
frames denoted with the index � �������� �� � with � the total 
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number of frames to be encoded. In most existing video cod-
ing standards including JVT, within each frame video encod-
ing is typically based on sequential encoding of MBs (excep-
tions are discussed later) denoted by index � � ������ �� �  
where �  specifies total number of MBs in one frame and 
depends on the spatial resolution of the video sequence. MBs 
are generally quadratic with size � ��  pixel, i.e. one MB 
contains �  pixel and the position is denoted with �  where 

� �� 	� � . The pixel value in the original sequence in frame 
  and MB �  at MB position �  is denoted as �
����
�� . 
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Figure 3: JVT coding in network environment with packet 

losses and delayed feedback information.  

The generated video data is packetized and transmitted over 
a packet lossy channel. The encoding process can form slices 
by grouping a certain number of MBs. The slice within each 
frame is indexed by :  with  ;=<>< �? @A B  and �@  the total 
number of slices in frame C . Each slice :  contains a number DE F  specifying the spatial location of the first MB in this 
slice. The number of MBs contained in slice :  is defined 
as GHI . Picture number C  and start MB address JK L  are 
binary coded in the slice header. Although C  usually uses a 
predefined modulo-counter we will ignore this for ease of 
exposition. For our experimental results in the following we 
will use a packetization such that each frame is packetized into 
3 slices, i.e. MON PQQ R @ST AU , and the number of MBs for each 
frame is fixed to 33, i.e. MON PVPW JJ X KST AU Y . 

For notational convenience, let us define the number of 
packets necessary to transmit all frames up to C  as Z\[ ]^ ^^C _` aa bc , with the inherent assumption that one 
slice is transported in one packet. With that, we can define the 
packet loss or channel behavior d  as a binary sequence e f gihjlknm op

 indicating whether a slice is lost (indicated by 1) or 
correctly received (indicated by 0). Obviously, if a slice is lost 
all MBs contained by this slice are lost. We can assume that 
for most transport protocols the decoder is aware of any lost 
packet as discussed previously. The channel loss sequence is 
obviously random and, therefore, we denote it as qsrot u

 where 
the statistics are in general unknown to the encoder.  

The decoder processes the received sequence of packets. 
Whereas correctly received packets are decoded as usual for 
the lost packet an error concealment algorithm has to be in-
voked. The reconstructed pixel N
Nv Q�w
x�  at position y  in MB H  
and frame C  depends on the channel behavior and on the 
decoder error concealment. In Inter mode, i.e., when MCP is 
utilized, the loss of information in one frame has a consider-
able impact on the quality of the following frames, if the 
concealed image content is referenced for motion compensa-
tion. Because errors remain visible for a longer period of time, 
the resulting artifacts are particularly annoying to end-users. 
Therefore, due to the motion compensation process and the 
resulting error propagation the reconstructed image depends 
not only on the lost packets for the current frame but in gen-
eral on the entire channel loss sequence qsrot u

. We denote this 
dependency as z|{} ~

���� ����
�� �i� .  

According to Figure 3, in conversational applications a low 
bit-rate reliable back-channel from the decoder to the encoder 
is usually available which allows reporting a � -frame delayed 
version ���o��t u �

 of the observed channel behavior at the de-
coder to the encoder. In IP environments for example, this can 
be based on RTCP messages. Details on this feedback exploi-
tation will be discussed in Section 5. 

From this system perspective an error-resilient video coding 
standard suitable for conversational IP-based services has to 
provide features to combat various problems, always focusing 
on prime goal of high compression efficiency. The tools re-
quired in error-prone environment can be divided into two 
major categories according to the problem to be solved: On 
the one hand it is necessary to avoid errors completely and to 
minimize the visual effect of errors within one frame. On the 
other hand, as errors cannot be avoided, the well-known prob-
lem of spatio-temporal error propagation in hybrid video 
coding has to be limited. In the following we will discuss JVT 
standard features and test model extensions for encoder and 
decoder which address solution to the discussed problems. 

3.2 Error Resilience Features in JVT 
Packet loss probability and the visual degradation from packet 
losses can be reduced by introducing slice-structured coding, 
which provides spatially-distinct resynchronization points 
within the video data for a single frame. Slices also provide 
syntactical resynchronization points. All predictions related to 
the entropy coding are reset at the start of a slice. With that, 
on the one hand the packet loss probability can be reduced, if 
slices and, therefore, transmission packets are relatively short, 
since the probability of a bit error hitting a short packet is 
generally lower than for long packets. Moreover, short packets 
reduce the amount of lost information and, hence, the error is 
limited and error concealment methods can be applied suc-
cessfully. In the JVT test model the simple previous frame 
copy (PFC) error concealment has been replaced by advanced 
error concealment (AEC) [37] which makes use of the pack-
etized transmission. On the other hand, the loss of spatial 
prediction within one frame and the increased overhead asso-
ciated with decreasing slices adversely affect performance. 
Especially for mobile transmission, where the packet length 
affects the loss probability of a packet a careful selection of 
the packet length is necessary. A detailed discussion on this 
issue for the JVT codec and for the IP-based 3G mobile test 
conditions is presented in [26]. A packet length selection in 
the range of around 500 bytes is suggested as satisfying com-
promise between overhead and resulting loss probability. 

JVT coding specifies several enhanced concepts to reduce 
the artifacts caused by packet losses within one frame. Slices 
can be grouped by the use of compound packets into one 
packet and, therefore, concepts such as Group-of-Block 
(GOB) and Slice Interleaving [39], [40] are possible. This 
does not reduce the coding overhead in the VCL, but the 
costly IP overhead of typically 40 bytes per packet can be 
avoided. A more advanced and generalized concept is pro-
vided by Flexible MB Ordering (FMO) [35], [41] which has 
been introduced in order to have the possibility to transmit 
MBs in non-scan order. This flexibility allows the definition 
of different patterns including slice interleaving without inter-
rupting the inter MB prediction for motion vector prediction 
and entropy coding. FMO is especially powerful with appro-
priate error concealment. A third error resilience concept 
included in JVT is data partitioning, which can also reduce 
visual artifacts resulting from packet losses, especially if 
prioritization or unequal error protection is provided by the 
network. For more details on the data-partitioning mode we 
refer to [1] and [4]. In general any kind of forward error 
protection (FEC) in combination with interleaving for packet 
lossy channels can be applied. A simple solution is provided 
by RFC2733 [42], more advanced schemes have been evalu-
ated in many papers, e.g. [43], [44]. However, in the follow-
ing we do not consider FEC schemes in the transport layer as 
this requires a reasonable number of packets per codeword. 
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For conversational applications, however, the number of 
packets per channel codeword should be low to avoid over-
head from transport protocols and reduced coding efficiency 
as well as to limit the delay. In addition, short codes are gen-
erally not very powerful which limits the applicability to the 
investigated low-delay applications. 

Despite all these techniques, packet losses and resulting ref-
erence frame mismatches between encoder and decoder are 
usually not avoidable. Then, the effects of spatio-temporal 
error propagation are in general severe. The impairment 
caused by transmission errors decays over time to some extent. 
However, the leakage in standardized video decoders, such as 
JVT, is not very strong, and quick recovery can only be 
achieved when image regions are encoded in Intra mode, i.e., 
without reference to a previously coded frame. Completely 
Intra coded frames are usually not inserted in real-time and 
conversational video applications as the instantaneous bit rate 
and the resulting delay is increased significantly. Instead, JVT 
coding allows encoding of single MBs for regions that cannot 
be predicted efficiently as it is also known from other stan-
dards. Another feature in JVT is the possibility to select the 
reference frame from the multi-frame buffer. Both features 
have mainly been introduced for improved coding efficiency, 
but they can efficiently be used to limit the error propagation. 
Conservative approaches transmit a number of Intra coded 
MBs anticipating transmission errors. In this situation, the 
selection of Intra coded MBs can be done either randomly or 
preferably in a certain update pattern. For details and early 
work on this subject see [45], [46] and [47]. Multiple refer-
ence frames can also be used to limit the error propagation, for 
example in video redundancy coding schemes (see e.g. [48]). 
In addition, a method known from H.263 under the acronym 
redundant slices will be supported in JVT coding. This will 
allow sending the same slice predicted from different refer-
ence frames which provides the decoder the possibility to 
predict this slice from error-free reference areas. Finally, 
multiple reference frames can be successfully combined with a 
feedback channel. This will be discussed in detail in Section 5. 

0 50 100 150 200 250
24

26

28

30

32

34

36

Rate in kbit/s

a
ve

ra
g

e
 Y

-P
S

N
R

 in
 d

B

intra update 50% pfc
intra update 50% aec
intra update 33% aec
intra update 25% aec
intra update 17% aec

Foreman 

Hall Monitor 

 
Figure 4:  Rate-Distortion performance of simple error resil-
ience in JVT coding: different error concealment and pseudo-
random intra updates with varying update frequency for Hall 

Monitor and Foreman. 

Figure 4 shows the performance of simple error resilience 
tools in JVT coding according to specified conditions as 
defined in section 2.4 and 3.2 for Hall Monitor and Foreman. 
Different error concealment strategies are assessed and the 
results show that already for moderate movement (Foreman) a 
significant gain for AEC compared to the PFC is visible. In 
addition, different pseudo-random intra-update ratios are 
evaluated. From the results it is obvious that an appropriate 
intra-update ratio can increase the overall quality significantly. 
However, it is also apparent that optimal update ratio not only 
depends on the channel statistics, but also on the transmitted 
sequence and possibly even on the transmission bit rate. For 
Foreman, 50% intra update shows the best performance, 

whereas for Hall Monitor in general less intra update is rec-
ommended, especially for lower bit rates. Simple adaptive 
coding schemes have been presented in [45], [46] and [47]. 
However, these heuristic approaches can not fully exploit the 
optimal performance. In the following we present methods 
which aim to optimize rate-distortion performance for packet-
lossy channels. 

4 ENCODER ENHANCEMENTS –  
ADAPTIVE MB  INTRA UPDATES 

4.1 Rate-Distortion Optimized Mode Selection 
JVT coding consists of a motion-compensation and a residual 
coding stage. The task of residual coding is to refine signal 
parts that are not sufficiently well represented by motion-
compensated prediction. From the viewpoint of bit allocation 
strategies, the various modes relate to various bit rate parti-
tions. The concept of selecting appropriate coding options in 
many source-coding standards is based on rate-distortion 
optimization algorithms [49], [50]. The two cost terms “rate” 
and “distortion” are linearly combined and the mode is se-
lected such that the total cost is minimized. This can be for-
malized by defining the set of selectable coding options for 
one MB as � . In hybrid video coding systems the MB mode 
can be selected from the set of MB modes � . In the follow-
ing, we assume that we only transmit one I-picture at the 
beginning of the video sequence and P-pictures for the re-
mainder. However, the presented algorithm can be extended 
easily to other picture types. Therefore, we assume that the set 
of MB modes consists of two subsets, one including MB 
modes, which employ temporal prediction, denoted as ��  
and one including pure intra coding without any prediction 
denoted as �� . Obviously, for I-pictures the MB mode can 
only be selected from �� . In JVT, not only the mode of the 
MB can be selected but also the reference frame can be chosen 
from the set of accessible reference frames � [51]. The cardi-
nality of set of reference frames � specifies the maximum 
number of reference frames. The set of accessible coding 
options for P-frames is defined as all possible combinations of 
MB modes and reference frames, i.e. 

� �� �� �� � � � � . 
Therefore, rate-constrained mode decision selects the coding 
option �o��	 
 for MB �  in frame � such that the Lagrangian 
cost functional is minimized, i.e. 
�� 
��� �� � ������������ �o�� o�� o�� 	 ! 	 " 	#
 $c %

�
 

(1) 

In the JVT test model for coding efficiency, the distortion & '�o��( )
 is the sum of squared pixel differences (SSD), i.e. *�+ *,+ -. ./. ./.0 1 234�5 4�5/6 4�5/667 8 9 9 8:; <

 
(2) 

where =�>./.1 4�5/69 8
 is the reconstructed pixel value at the decoder 

in frame C  and MB H  at position ?  when encoding with 
mode 	 . The rate @�A�o��" 	  is simply obtained by encoding 
with mode 	  and the Lagrange parameter is selected as BDCE FG HI,J K

with L � MONG H J
 [52]. 

In case of error prone transmission we like to replace the 
distortion in (2) with a more meaningful measure. Assuming 
that the encoder is aware of the channel statistics zs{oG u

, the 
encoder can get an estimate of the reconstructed pixel values 
at the decoder by the expected distortion as  

P�QR S TVU PWQR S XY YZY Y[Y\ ]^ ^ ^_
`

acb a aacb[d aeb[dfdg hZi j k k hlimn nop q
 

(3) 

where the expectation is over the channel zs{oG u
. In the follow-

ing we will discuss and assess different possibilities to obtain 
an estimation of the decoder distortion. We will also address 
the assumption on the availability of the channel statistics at 
the encoder. 
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4.2 Estimation of Decoder Distortion 
The estimate of the expected pixel distortion in packet loss 
environment has been addressed in several previous papers. 
For example, in [53] or [54] models to estimate the distortion 
introduced due the transmission errors and the resulting drift 
are defined. A similar approach has recently been proposed 
within the JVT project which attempts to measure the drift 
noise between encoder and decoder [55]. In all these ap-
proaches the quantization noise and the distortion introduced 
by the transmission errors are linearly combined. The encoder 
keeps track of an estimated pixel distortion and, therefore, 
requires additional complexity in encoder. The addition is 
approximately one-time the decoder complexity as for each 
pixel the drift noise has to be computed and stored. An accu-
rate estimation of the expected pixel value at the decoder for 
H.263-like coding can be achieved by the recursive optimal 
per-pixel estimate (ROPE) algorithm [56]. ROPE provides an 
accurate estimation by keeping track of the first and second 
order moment of Y/Y] a�b dk

, 
� ����� ����	
��

 and
� �
 ���� ����	
��

, respec-
tively. As two moments for each pixel have to be tracked in 
the encoder the added complexity of ROPE is approximately 
twice the complexity of the decoder. However, the extension 
of the ROPE algorithm to JVT coding is not straight-forward. 
The in-loop filter, the sub-pel motion accuracy and the ad-
vanced error concealment require taking into account the 
expectation of products of pixels at different positions to 
obtain an accurate estimation which makes the ROPE either 
infeasible or inaccurate in this case.  

Therefore, a powerful yet complex method has been intro-
duced into the JVT test model to estimate the expected de-
coder distortion [57]. The encoder obtains an estimate of the 
reconstructed value at the decoder and, therefore, of the ex-
pected distortion as  

P�QR S TVU PWQR S XY YZY Y[Y\ ]^ ^ ^_
`

acb a aacb[d aeb[dfdg hZi j k k hlimn nop q
 

(3) 

where the expectation is over the channel zs{�� u . Let us as-
sume that we have � copies of the random variable channel 
behavior at the encoder, denoted as ��� � �ai �� . Additionally, 
assume that the set of random variables ��� � � � ������� � � �u J !

 
are identically and independently distributed (iid). Then, as � "$# , it follows by the strong law of large numbers that  

%'&( ) *,+ %'&( )- -./. ./. ./. .0.1
2 3 3405 67
8 9 99;:=<>9?:0< 9@:0<>9?:/<AB C C D E F C C DG HI IJ K L KM

 
(4) 

holds with probability 1. An interpretation of the left hand 
side leads to a simple solution of the previously stated prob-
lem to estimate the expected pixel distortion. In the encoder � copies of the random variable channel behavior and the 
decoder are operated. The reconstruction of the pixel value 
depends on the channel behavior �N� � �ai ��  and the decoder 
including error concealment. The �  copies of channel and 
decoder pairs in the encoder operate independently. Therefore, 
the expected distortion at the decoder can be estimated accu-
rately in the encoder if �  is chosen large enough. However, 
the added complexity in the encoder is obviously at least � times the decoder complexity. 

 

4.3 Implementation Aspects and Performance Comparison 
In [57] it was shown that the mode selection for packet lossy 
channels with packet loss probability O  can be carried out 
according to PRQ PSQT UVXWY Y YZ Z['\^]`_badc e'fg�h gNh g�hij k j l m jno pq r

�

, (5) 

where sut�� ���v w
 defines the expected distortion for MB  x  in 

frame y  assuming that all transmission packets of frame y  
are received correctly, but the reference frames are erroneous 
based on the random packet loss sequence z|{}�� u ~ . Addition-
ally, it was shown in that the Lagrange parameter should be 

adapted to a value 
�� �H H�

 depending on the selected mode 
and the loss rate. However, the benefits of adaptation are 
marginal and, therefore, due to simplicity it is proposed to set �� �H H� . For the error-robust MB mode and reference frame 
selection in frame y  we therefore encode each MB x  with 
each accessible MB mode 

w �
� . Then, for each combination � ����y�x w  the expected distortion is estimated by using either 

the drift noise estimation, the ROPE algorithm or multiple 
decoders (MD) with ���?�� � . For the ROPE only the clos-
est ful-pel motion vector position is used in the update process 
for the first and second order moment and the loop-filter 
operation is ignored. In the following we assume for all meth-
ods a statistically independent packet loss probability of 10% 
at the encoder and the simple PFC error concealment in the 
distortion estimation. However, at the decoder the AEC is 
applied and the channel according to the error pattern de-
scribed in section 2.4 is used. 
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Figure 5: Rate-Distortion performance (Foreman) for different 
adaptive MB mode and reference frame selection compared to 

pseudo-random updates. 

Figure 5 shows rate-distortion performance (Foreman) for 
different adaptive MB mode and reference frame selection 
schemes compared to pseudo-random updates. It can be ob-
served that all channel and content-adaptive mode selection 
modes outperform the best regular intra-update strategies. 
However, it can also be observed that the quality of the esti-
mated decoder distortion significantly influences the perform-
ance. Comparing the gains of the multiple decoders with the 
best regular intra updates a gain of about 1-2.5 dB depending 
on the bit rate is obvious. For the same quality the bit-rate 
decreases for adaptive intra-updates by about 30%. The ROPE 
compared to the optimized multiple decoder distortion in 
general has higher bit rate and higher average PSNR for the 
same quantization parameter. This means that ROPE estimates 
the decoder distortion in general too high resulting from the 
fact of ignoring loop filter and fractional-pel motion compen-
sation. The drift noise estimation method generates similar bit 
rates as the multiple decoder approach, however, the place-
ment of the intra refresh is not optimal. From a complexity-
performance point of view the multiple decoder approach is 
not suitable, but ROPE provides excellent results with accept-
able encoder complexity even in real-time encoding. A better 
adjustment of ROPE to JVT coding as well as to the advanced 
error concealment in the JVT test model is subject of future 
work. However, for full exploitation of the performance of 
JVT we use the multiple decoder approach in the encoder for 
the remainder of this work. 

For all the previous investigations we assumed that the 
channel statistics or at least the average packet loss rate is 
known at the encoder. Obviously, this is in general not the 
case or the estimation is not accurate. To evaluate the stability, 
but also the optimality of the channel-adaptive approaches, 
encoding at different expected error rates has been performed, 
while the transmission scenario is not altered. Without show-
ing the detailed results it is worth to mention that loss prob-
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ability estimation errors in the range of halving or doubling 
the error rate results in negligible overall performance loss. In 
addition the optimality when knowing the exact error rate at 
the encoder could be verified.  

5 EXPLOITING NETWORK FEEDBACK IN VIDEO ENCODERS 

5.1 Overview 
So far we have assumed that there is no feedback information 
from the decoder except for a possible report of an average 
packet loss rate. However, as already mentioned in Section 3, 
the knowledge of a � -frame delayed version of the observed 
channel characteristic � ����� u ~

 at the encoder might be useful 
even if the erroneous frame has already been decoded and 
presented. This characteristic can be conveyed from the de-
coder to the encoder by acknowledging correctly received 
slices (ACK), sending a not-acknowledge message (NACK) 
for missing slices or both types of messages. In general it can 
be assumed that the reverse channel is error-free and the 
overhead is negligible. The feedback can be used to limit the 
error propagation. In the following we will discuss several 
scenarios and show the performance of selected results. Most 
of the techniques rely on an appropriate selection of the refer-
ence frames or the insertion of intra information. As JVT 
coding allows selecting intra updates and reference frames on 
MB basis a combination with the optimized MB mode selec-
tion and reference frame selection according to Section 4.1 is 
appropriate. 

A simple yet powerful approach suitable for video codecs 
using just one reference frame such as MPEG-2, H.261 or 
H.263 version 1 has been introduced in [58] and [59] under 
the acronym Error Tracking. When receiving a NACK on 
parts of frame y ��  or the entire frame y �� , the encoder 
attempts to track the error to obtain an estimate of the quality 
of frame �y � , which serves as reference for frame y . Hav-
ing tracked the error, the encoder can perform one of the 
following three options: a) the MBs in frame y  that would 
have referenced a damaged area are coded in intra mode; b) 
the referencing is only restricted to non-damaged areas; c) the 
same type of error concealment is performed in the encoder as 
the decoder would apply for frames � ����� �� 	
� 	 �� � r �B  
such that the reference frames in encoder and decoder match. 
Whereas a) and b) are rather straightforward in implementa-
tion and can be used in combination, c) is more difficult as 
encoder and decoder have to apply the identical error con-
cealment, see e.g. [58], [59], [60], and [61]. Note that with 
this concept error propagation in frame y  is only removed if 
frames ����� �� 	 �� r �B  have been received at the decoder 
without any error. We will discuss these issues in further 
detail when adapting the presented methods to JVT coding. 

A technique addressing the problem of continuing error 
propagation has been introduced, among others, in [62], [63], 
and [64] under the acronym NEWPRED. Based on these early 
non-standard compliant solutions in H.263 Annex N [8] a 
reference picture selection (RPS) for each GOB is specified 
such that the NEWPRED technique can be applied.  RPS can 
be operated in two different modes. In the negative acknowl-
edgement mode (NAM) the encoder only alters its operation 
in the case of reception of a NACK. Then, the encoder at-
tempts to use an intact reference frame for the erroneous 
GOBs. To completely eliminate error propagation this mode 
has to be combined with independent segment decoding (ISD) 
according to Annex R of H.263 [8]. In the positive acknowl-
edgement mode (PAM) the encoder is only allowed to refer-
ence confirmed GOBs as reference. If no GOBs are available 
to be referenced, intra coding has to be applied. PAM and 
NAM could be combined in a similar way as explained in 
Mode c) for the Error Tracking case by using the identical 
error concealment on negative acknowledged GOBs as the 
decoder would use. This would completely eliminate error 
propagation in frame y  even if additional errors have oc-
curred in frames ���
� �� 	 �� r �B . 

5.2 Feedback in JVT coding – Concepts and Experimental 
Results 

The flexibility provided in H.263 Annex U [8] and JVT cod-
ing to select the MB mode and reference frames on MB basis 
allows incorporating NEWPRED PAM and NAM in a 
straight-forward manner [54]. We will discuss two modes in 
the following, one based on PAM only and the second based 
on PAM and NAM. In the case of PAM only the encoder is 
only allowed to reference acknowledged area. The MB mode 
and reference frame selection is performed according to the 
description in Section 4.1, with the modification that certain 
areas from some reference frames are restricted. In general this 
allows complete removal of mismatch - independent of the 
applied decoder error concealment. However, as JVT coding 
applies a deblocking filter operation in the motion compensa-
tion loop over slice boundaries, a complete removal of en-
coder and decoder mismatch is not possible but the influence 
of this mismatch is negligible.  
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Figure 6: Rate-Distortion performance (Foreman) for positive 
acknowledge mode (PAM) only for different frame delays and 
deblocking filter modes compared to optimized intra updates 

applying AEC. 

Figure 6 shows rate-distortion performance (Foreman) for 
PAM only for different frame delays and deblocking filter 
modes compared to optimized intra updates applying AEC at 
the receiver. Note that a frame delay of � results in feedback 
delay of ����� �������	 . The results show that for any delay this 
system outperforms the best system without any feedback 
using optimized intra-updates. For small delays, the gains are 
significant and for the same average PSNR the bit-rate is less 
than 50%. With increasing delay the gains are reduced, but 
compared with the highly complex mode decision without 
feedback this method is still very attractive. Obviously, this 
high-delay result is strongly sequence dependent but for other 
sequences similar results have been verified. An additional 
advantage of the PAM results from the fact that the encoder 
does have to be aware of the applied error concealment in the 
encoder as long as correctly received pixels are not altered 
significantly. The figure shows also that the influence of loop 
filter mismatch is less significant than the loss of coding effi-
ciency when turning off the loop filter for the entire sequence. 
Adaptive switching of the loop filter is subject of further study 
within the JVT project. 
 In a second mode PAM and NAM are combined such that 
the encoder reconstructs the identical reference frames as the 
decoder using the identical error concealment. Only com-
pletely reconstructed frames are referenced in the investigated 
system. The selection of the appropriate MB mode and refer-
ence frames is again based on the concept in Section 4.1, but 
the reference frames are now possibly error-prone. The rate-
distortion optimization takes care of selecting the appropriate 
MB mode, i.e. intra mode insertion, or the appropriate refer-
ence frame for each MB. 
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Figure 7: Rate-Distortion performance (Foreman) for com-

bined PAM and NAM for different frame delays compared to 
PAM only and optimized intra updates; AEC is applied for all 

cases at encoder at decoder. 

Figure 7 shows rate-distortion performance (Foreman) for 
combined PAM and NAM for different frame delays com-
pared to PAM only and optimized intra updates; AEC is 
applied for all feedback cases at encoder and decoder. The 
results for this mode applying both PAM and NAM show 
similar results as PAM only. The performance for increasing 
delay decreases in a similar way as it does for the PAM only. 
Whereas for low bit rates combined PAM and NAM shows 
some gain compared to PAM only, for higher bit rates the 
performance difference almost vanishes. This results from the 
fact that for low bit rates referencing a concealed area is often 
significantly better in terms of rate-distortion performance 
than coding this area in intra mode. However, for high bit 
rates bad reference frames are not used and the intra mode is 
selected more often by the rate-distortion optimized mode 
selection. The little gains combined with the disadvantage of 
necessary normative error concealment for the combined 
PAM and NAM makes the PAM only preferable in practicable 
systems. The loop filter problem causing small mismatch 
between encoder and decoder is currently under discussion in 
the JVT project as it also of importance for other applications. 
The final syntax specification will probably allow turning on 
and off this filter for each slice. 

Recently, combination of adaptive mode selection and feed-
back-based drift removal methods have been proposed in [51] 
and [54]. Although these methods involve some additional 
complexity as the statistical estimation of reference frames has 
to be adapted for each received feedback information, it was 
shown that especially for medium to higher feedback delays 
these methods can provide significant gains. The application 
to JVT coding is subject of future work. 

6 CONCLUSIONS 
In this work we have applied widely accepted standard-

compliant techniques to enhance the quality of JVT coded 
video transmitted over packet lossy networks. A summary of 
the results is shown in Figure 8. The macroblock mode and 
the reference frame selection are extended to include the 
expected decoder distortion in the Lagrangian mode decision. 
This increases the quality of video in packet-lossy IP envi-
ronment significantly as shown in the diagram. In addition, 
the exploitation of network feedback has been studied and 
several schemes and their dependency on the feedback delay 
have been assessed. All presented feedback-based schemes 
enhance the quality of the decoded video significantly, even 
for moderate and higher delays of about 1 second (see d=8). 
From a system point-of-view the best performance is provided 
by the PAM only mode which does not require standardized 
error concealment and still provides almost identical perform-
ance as the combination of PAM and NAM. PAM only is 

superior to simple PFC error concealment in combination with 
combined PAM and NAM.   
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Figure 8: Comparison of rate-distortion performance (Fore-

man) of different investigated transmission schemes. 

Future work for improved error resilience of JVT coding in 
conversational IP-based applications includes the combination 
of macroblock mode selection and network feedback exploita-
tion as well as the combination of the presented methods with 
FMO, data partitioning and FEC. As streaming applications 
delay constraints are more relaxed, the importance of link 
layer or transport layer retransmission protocols become more 
important. These issues in combination with appropriate 
encoding methods, e.g. multi-frame handling or S-picture 
functionalities, and appropriate buffer management (see e.g. 
[65]) are subject of ongoing and future research. 
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 A flexible and robust rate-distortion optimization technique is presented to select coding mode and reference
frame for each macroblock and derives a method to obtain an estimate of the decoder pixel distortion at the
encoder.

39 PDF

Error resilient video coding techniques
Yao Wang S. Wenger Jiantao Wen A. Katsaggelos Computer Science, Engineering  • 

IEEE Signal Processing Magazine  •  2000

 The majority of the article is devoted to the techniques developed for block-based hybrid coders using
motion-compensated prediction and transform coding, and a separate section covers error resilience techniques for
shape coding in MPEG-4.

569

Robust Internet video transmission based on scalable coding and unequal error protection
U. Horn Klaus Stuhlmüller M. Link B. Girod Computer Science, Engineering  • 

Signal processing. Image communication  •  1999

298

Optimal mode selection and synchronization for robust video communications over error-prone
networks

G. Côté S. Shirani F. Kossentini Computer Science, Engineering  •  IEEE Journal on Selected Areas in Communications  • 

2000

We describe an effective method for increasing error resilience of video transmission over bit error prone networks.
Rate-distortion optimized mode selection and synchronization marker insertion… 

233 PDF

A Performance Analysis of the ITU-T Draft H . 26 L Video Coding Standard
Anthony Joch F. Kossentini P. Nasiopoulos Computer Science, Engineering  •  2002

 A detailed analysis of the individual coding gains provided by several key features of the H.26L standard can
be used to motivate further improvements to the standard, assist in choosing the features that will comprise each of
its profiles, and facilitate the development efficient encoding algorithms that find an optimal balance between
coding performance and complexity.

36 PDF

Error resilient video coding by dynamic replacing of reference pictures
S. Fukunaga T. Nakai H. Inoue Computer Science  •  Proceedings of GLOBECOM'96. 1996 IEEE Global…  •  1996

 The proposed error resilient video coding system, which dynamically replaces reference pictures in inter-
frame coding according to the acknowledgement signals from the decoder, outperforms NACK signaling especially
under the existence of the backward channel errors which are highly correlated with the forward channel errors.

84

Rate-Distortion Optimization for JVT/H.26L Video Coding in Packet Loss Environment
T. Stockhammer Dimitrios Kontopodis T. Wiegand Computer Science, Engineering  •  2002
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Related Papers

 A flexible and robust rate-distortion optimization technique for JVT/H.26L Coding is introduced and a new
method on how to choose the Lagrange parameter in packet loss environments when using a rate-control is
discussed.

85 PDF

Adaptive intra update for video coding over noisy channels
J. Liao J. Villasenor Computer Science, Engineering  •  Proceedings of IEEE international conference on…  •  1996

 An algorithm for increasing error robustness in an H.263 video coding system in the absence of a feedback
channel is proposed and demonstrates a significant improvement over non-adaptive intra update strategies.

74 PDF

Feedback-based error control for mobile video transmission
B. Girod Nikolaus Färber Computer Science, Engineering  •  Proceedings of the IEEE  •  1999

 Feedback-based low bit-rate video coding techniques for robust transmission in mobile multimedia networks,
applicable to a wide variety of interframe video schemes, including various video coding standards are reviewed.

301 PDF

Standard compatible extension of H.263 for robust video transmission in mobile environments
E. Steinbach Nikolaus Färber B. Girod Computer Science, Engineering  •  IEEE Trans. Circuits Syst. Video Technol.  •  1997

 The problem of robust video transmission in error prone environments is addressed utilizing a feedback
channel between transmitter and receiver carrying acknowledgment information and a low complexity algorithm for
real-time reconstruction of spatio-temporal error propagation is described in detail.
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