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ABSTRACT 

The JVT/H.26L video coding scheme conceptually consists of a 
Video Coding Layer (VCL) responsible mainly for coding effi-
ciency and a Network Abstraction Layer (NAL) that supports 
video specific transport features for a variety of networks. This 
paper describes the H.26L/JVT NAL in general, including the 
parameter set concept and the transport over packet-based and 
bit-stream oriented networks. Encapsulation of coded video data 
to RTP/UDP/IP transport is discussed, and applications of 
H.26L in fixed and wireless IP-based transmission environ-
ments are presented. 

1 INTRODUCTION 

Since 1997, the ITU-T’s Video Coding Experts Group (VCEG) 
has been working on a new video coding standard with the in-
ternal denomination H.26L. In late 2001, MPEG’s video group 
and VCEG decided to work together as a Joint Video Team 
(JVT), and to create a single technical design for a forthcoming 
ITU-T Recommendation and for a new part of the MPEG-4 
standard based on the current working draft of JVT/H.26L [1]1 
coding. 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. In addition to sig-
nificant coding efficiency and simple syntax specification the 
third main design goal of the JVT/H.26L project was to allow a 
seamless and easy integration of the coded video into all current 
protocol and multiplex architectures – a goal summarized as 
“Network Friendliness” . Transport protocols are very heteroge-
neous in terms of reliability, Quality-of-Service guarantees, 
encapsulation, and timing support. Moreover, transport systems 
provide differ in terms of internal setup and configuration pro-
tocol availability. Therefore, the JVT codec design distinguishes 
between two different conceptual layers, the Video Coding 
Layer (VCL), and the Network Abstraction Layer (NAL). 
Whereas the VCL mainly focuses on coding efficiency, the NAL 
provides the means to transport video data over a variety of 
networks. 

In this work we present how JVT/H.26L coded video is 
transported over different networks. An overview of the JVT 
coding standard with special focus on the NAL features is pre-
sented. Packet-based and bit-stream oriented transport as well 
as the Parameter Set concept are discussed in more detail. As IP 
networks will carry a significant amount of JVT/H.26L video 
we focus in the second part on IP-based transport. It also serves 

                                                
1 All referenced standard documents can be accessed via anonymous ftp at 
ftp://standard.pictel.com, ftp://ftp.imtc-files.org or ftp://ftp.ietf.org/. 

as a concrete example on the integration of JVT/H.26L video 
into existing transport protocols. 

2 TRANSPORT OF H.26L/JVT CODED VIDEO 

2.1 Overview 

According to Figure 1, the JVT codec design distinguishes be-
tween 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 proto-
cols, to be specified by the responsible standardization bodies. 
Furthermore, the exact transport and encapsulation of JVT data 
for different transport systems, such as H.320, MPEG-2 Sys-
tems, and RTP/IP, are also outside the scope of the JVT stan-
dardization. The NAL decoder 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 is not in the scope of this paper. The VCL speci-
fies an efficient representation for the coded video signal. Cod-
ing tools, such as motion compensation, transform coding of 
coefficients, and entropy coding, are utilized. The highest level 
of representation in the VCL is a slice, which is a set of coded 
macroblocks for a picture. The NAL abstracts the VCL from the 
details of the transport layer used to carry the VCL data. It de-
fines 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, MTU size, and transmission delay jitter. The 
VCL exploits this knowledge when it adjusts error resilience 
features, such as intra macroblock rate and coded slice size.  

Figure 1 JVT coding in transport environment 
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Transport protocols are very heterogeneous in terms of reli-
ability, Quality-of-Service guarantees, encapsulation, and tim-
ing support. Moreover, transport systems differ in terms of in-
ternal setup and configuration protocol availability. Hence, the 
NAL provides an abstract description of all the information to 
be conveyed by the JVT standard and also provides means to 
fulfill any kind of necessary network functionality within JVT 
by specifying the appropriate syntax. For example, H.320 sys-
tems do not provide encapsulation mechanisms whereas IP-
based systems are entirely packet-based. In addition, the trans-
port system may convey different NAL unit types on different 
logical channels with different QoS characteristics. The usage 
of setup and configuration protocols, such as SIP/SDP for IP-
based applications and H.245 in H.324 systems, is relatively 
common. The mapping specification of JVT coded data to 
transport protocols is completely outside of the JVT standardi-
zation effort. However, on one hand, the NAL concept provides 
significant flexibility to integrate JVT coded data into existing 
and future networks, and, on the other hand, it also takes care of 
maintaining a sufficient common basis to facilitate gateway 
design between different transport layers. The NAL concept and 
the set of NAL functionalities will be discussed in the following 
in more detail.  

2.2 Network Abstraction Layer Concept 

The Network Abstraction Layer of JVT video defines the inter-
face 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 appropriate error flag in 
the NALU header is set if the payload contains bit errors. Any 
media-aware network element can raise this flag, if transmis-
sion errors were detected in the corresponding NALU. There-
fore, erroneous payloads can be passed through a network, and 
the decoder or any gateway can decide whether this erroneous 
NALU is decoded or disposed.  

A NALU consists of a one-byte header and a bit string that 
is, in most cases, the bits representing the macroblocks of a 
slice.  The header byte itself consists of the aforementioned 
error flag, a disposable NALU flag, and the NALU type. The 
disposable flag can be used to signal whether the content of the 
NAL payload belongs to a picture that is not stored in the multi-
picture buffer and allows the server, the network or any gateway 
to discard disposable NALUs without introducing error propa-
gation. The NAL payload type either indicates the VCL “slice 
type”  (e.g. an Intra Slice, P-Slice, or B-Slice), or high-level 
information, such as random access points, parameter set infor-
mation, or supplemental enhancement information. 

In addition to the transport of VCL data, the NAL includes 
additional features, which might partly be provided by underly-
ing networks. Syntax and semantics of supplemental enhance-
ment information is included in the NAL description. JVT has 
also considered a NALU aggregation scheme called compound 
packets and a fragmentation scheme to segment long NALUs 
into smaller pieces for transportation. It has to be clarified if 
there exist combinations of applications needing NALU aggre-
gation and/or fragmentation and transport protocols not provid-
ing them or if the specification should be transport layer func-
tionality as discussed in Section 3.2.  Finally, the NAL provides 
means to transport high-level syntax, i.e., syntax which is as-
signed to more than one slice, e.g. to a picture, a group of pic-

tures or to an entire sequence. As the applied parameter concept 
used in JVT is significantly different to previous video coding 
standards we will discuss it in greater detail in Section 2.4. 

2.3 NAL for Bit-Stream Use 

Systems using packet networks can employ NALUs directly, 
by using them as payloads for H.223 AL3 SDUs or RTP packets 
[11]. The mapping of NALUs to RTP packets is presented in 
detail in Section 3. However, some systems, such as the ITU-T 
Recommendation H.320 for videoconferencing and the MPEG-2 
transport stream used in digital TV, are stream-oriented and 
therefore require a bit or byte stream format. Hence, the JVT 
standard defines a transformation of NALUs to such a format.  
NALUs are encapsulated by start codes, much in line with tradi-
tional video coding standards.  The start code prefix is either 16 
or 24 bits long, and its length depends on the “ importance”  of 
the payload of the NALU. Start code prefixes appear at byte-
aligned positions only.  Hence, a decoder can scan for start code 
prefixes and extract the NALUs by a simple, byte-oriented 
memory copy operation. 

In order to prevent start code prefix emulations in the byte 
stream format, most video coding standards employ a carefully 
designed entropy coding. Since JVT video contains two differ-
ent entropy coding modes, such a start-code-emulation-free 
environment would be very difficult to achieve. Instead, JVT 
relies on a byte-stuffing mechanism that inserts non-zero bytes 
into NALU bit strings in such positions where start code emula-
tion occurs.  In order to facilitate gateway designs, this byte 
stuffing is performed even in such environments where it seems 
to be unnecessary, especially in the packet environments. Note 
that as the VCL-NAL interface is only conceptual, the start code 
emulation prevention may also be implemented conventionally 
as part of the entropy coding of the VCL. 

2.4 Parameter Set Concept 

One of the key problems of robust video transmission in packet-
lossy environments results from the layered nature of all current 
video coding standards. Information in the slice/picture/GOP/ 
sequence headers is necessary for the reconstruction of the 
whole slice/picture/GOP/sequence, but traditionally coded only 
once at the start of each slice/picture/GOP/sequence in order to 
save bits. A loss of a packet containing a header renders all 
following packets containing data that rely on the lost header 
useless. Traditionally, three different strategies to handle this 
problem are used. The possible loss of this data might be ig-
nored completely by transmitter and receiver and, therefore, all 
data relying on the lost header might be incorrectly interpreted. 
This leads to fatal consequences in even moderately error-prone 
environments. If the receiver is capable to recognize the loss of 
one or more packets, the video decoder might invoke conceal-
ment for the lost header. This works well in some environ-
ments, but becomes increasingly difficult the more information 
changes there are in the headers [20]. If the transmitter is aware 
of possible header losses, redundancy coding techniques are 
commonly used, especially at loss rates above 5%.  Such tech-
niques reside either in the video coding (MPEG-4 HEC [17] or 
H.263 Annex W [18], [20]), or in the RTP payload specifica-
tions (e.g. RFC 2429 [12]). Redundancy coding techniques add 
bit rate – sometimes to an amount that make error resilient 
video practically unfeasible – and also have a negative impact 
on the design complexity. A major disadvantage of all these 
approaches is that it is unpredictable whether the header data is 
accessible at the decoder or not. Repetition of the entire header 



information in each and every transport packet is obviously too 
costly in terms of bit rate.     

Therefore, a fundamentally new approach was taken in 
H.26L/JVT video. The synchronous, real-time media transmis-
sion consists entirely of packets that are completely self-
contained. That is, each packet can be reconstructed without 
relying on information of other packets. The slice layer was 
identified as the appropriate smallest self-contained unit2 
(unless data partitioning is employed), because the size of slices 
can be adjusted to be small enough to fit into the MTU size of 
the most demanding system in this regard, namely H.324 mo-
bile.  

JVT Encoder JVT Decoder
VCL Data encoded with PS #3

1 2 3 123

Parameter Set #3:
• Video format PAL
• Motion res. 1/8
• Entr. Cod. CABAC
• Aspect Rat. 4:3
• Frame width 11
• ... 

Reliable Parameter Set Exchange

Figure 2 The Parameter Set Concept 

All information at the higher layers is conveyed asynchro-
nously. Of course, there are a few picture and GOP parameters 
that may change during the existence of a session. Parameters 
that change very frequently are added to the slice layer – this is 
in particularly true for the Frame Number (that signals the de-
coding order of pictures and is used as a picture identifier in 
multi-picture buffer management operations). All other parame-
ters are collected in a so-called Parameter Set. Encoder and 
Decoder(s) maintain a synchronized set of such Parameter Sets. 
Which of the (potentially many) Parameter Sets the decoder 
should use to reconstructed on coded slice is defined by a code-
word in the slice header of the VCL data. Figure 2 depicts this 
concept. The JVT standard specifies a method to convey Pa-
rameter Sets in a special NAL unit type, the Parameter Set in-
formation packet. The semantics are specified in the JVT stan-
dard, the syntax is still to be finalized. However, the Parameter 
Set concept allows using different logical channels or even a 
different out-of-band control protocols to convey parameter sets 
from the encoder to the decoder. In-band parameter set informa-
tion and out-of-band control protocols should not be used in 
combination. As the high-level information included in Parame-
ter Sets is usually only system-dependent, but not content-

                                                
2 Note that at press time of this paper the JVT committee draft (CD) con-
tains a slightly different concept. A picture layer is part of the CD, which 
can be sent either as a distinct and separate layer or as part of the slice 
layer. When this data is included at the slice layer, each slice becomes an 
independently decodable packet of data (relative to the content of other data 
for the current picture). There appears to be a significant chance that the 
picture layer will be removed as a distinct entity in the final draft and there-
fore we focus on the syntax structure that enables independent slice decod-
ing, as this is the more robust structure of the two. 

dependent, it is available in advance at the transmitter. There-
fore, 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. For example, 
SDP [15] can be used to define parameter sets that are conveyed 
reliably using SIP [14] or RTSP [21]. In H.323 and H.324 sys-
tems [19], the H.245 control protocol could be used to define 
and convey parameter sets.  

3 IP-BASED TRANSPORT 

3.1 IP-Based JVT Applications 

Previous video coding standards, such as H.261, MPEG-2, and 
H.263, were mainly designed for special applications and trans-
port protocols usually in a circuit-switched or bit-stream ori-
ented environment although they have been adapted to different 
transport protocols later on. JVT experts have taken into ac-
count transmission over packet-based networks in the video 
codec design from the very beginning. In addition to fixed IP 
networks, the JVT has considered IP-based video transmission 
over the third generation mobile systems. Applications that 
have been considered include streaming and conversational 
services, such as video telephony and videoconferencing.  

The JVT acknowledged the importance of IP-based transmis-
sion over fixed and wireless networks by adopting a set of 
common test conditions for fixed and mobile IP based transmis-
sion, in [6] and [7], respectively. These test conditions allow for 
selecting appropriate coding features, testing and evaluating 
error resilience features, and producing meaningful anchor re-
sults. The common defined test case combinations include fixed 
Internet conversational services as well as packet-switched con-
versational services and packet-switched streaming services 
over 3G mobile networks. Also included is simplified offline 
network simulation software, which uses appropriate error pat-
terns captured under realistic transmission conditions. Anchor 
video sequences, appropriate bit rates and evaluation criteria 
are specified. Recent results for fixed [3][5] and mobile [2] 
conversational services show the suitability of the JVT/H.26L 
coding standard to IP-based fixed and wireless applications. 

3.2 RTP and RTP payload formats 

Video over IP is usually implemented either by downloading 
complete bit streams, or by real-time transmission. The latter 
one for conversational or streaming applications over IP net-
works usually employs IP [8] on the network layer, UDP [9] on 
the transport layer, and RTP [10] and accompanying RTP pay-
load specifications on the application layer. 

IP and UDP together offer an unreliable datagram transport 
service. RTP adds to this functionality a few features that make 
the transport of media possible. Sequence numbers are used for 
restoring of the transmit order of out-of-order delivered IP 
packets at the receiver. RTP Timestamp are used for the syn-
chronization of more than one media stream, e.g. to provide 
synchronization between audio and video. The timestamp is 
normally the sampling instant of the last bit of media in the 
RTP payload. It is not an absolute time, but coded relative to a 
random offset that is chosen during the session establishment. 
Receivers can self-tune themselves to identify the timestamp 
offset. The RTP Payload Type contains information about the 
media coding used by the payload. Some additional information 
can be conveyed by RTP to support extensions and multipoint 
operations through mixers and translators. Above IP, the media 



bits may be encapsulated into a layer that hides some media-
specific properties from RTP, and hides some RTP specific 
properties from the media coding. The documents specifying 
this “glue layer”  are known as RTP payload specifications. For 
many simpler media coding schemes (e.g. for most sample 
based audio coding schemes), the RTP payload specifications 
do not add any information to the bit stream, but specify only 
the way how the media should be interpreted – e.g. that the 
timestamp should be 90 kHz.  

For more complex media coding schemes such as most video 
coding schemes, however, the RTP payload specifications de-
scribe the whole operation of the packetization and de-
packetization process (including the fragmentation rules – the 
mapping of a bit-stream to packet boundaries), the timestamp, 
and any necessary header redundancy coding techniques, e.g. 
RFC2429 for H.263 [12] and RFC3016 for MPEG-4 [13]. 

One of the goals of the JVT was to design a simple coding 
scheme that can be encapsulated for transport in a straightfor-
ward manner. While the standardization process of both the 
JVT codec and the RTP payload specification for JVT [11] is 
still an ongoing process, it seems that the goal will be reached. 
The draft RTP payload specification expects that NALUs are 
transmitted directly as the RTP payload. No redundancy coding 
techniques for headers are necessary, because there are no 
headers above the slice header due to the Parameter Set con-
cept.   

The single additional concept introduced in the draft RTP 
payload specification is the so-called Compound Packet. A com-
pound packet allows aggregating more than one NALU into a 
single RTP packet, by simply adding a 16-bit size information 
field of the following NALU at the end of the previous NALU. 
This technique is primarily helpful in gateway designs between 
networks with very different MTU sizes, because it allows sav-
ing the bits spent for the IP/UDP/RTP header overhead. Two 
forms of Compound Packets are currently under discussion. The 
simple form aggregates only packets with the same RTP time-
stamp (belonging to the same frame).  The second form adds as 
administrative information an integer that codes the timestamp 
difference between the NALUs in the Compound packet. This 
more complex mechanism was introduced as a response to the 
demands of the streaming industry. For media streaming, espe-
cially at low bit rates, it is often advisable to put information 
belonging to more than one picture into the same packet. Since 
the JVT bit stream does not carry its own timing information, 
there is a need to handle such information externally, in the 
RTP timestamp.  

4 CONCLUSIONS 

In this paper, the current state of standardization of the Network 
Abstraction Layer of the JVT/H.26L video codec and its trans-
port over RTP was outlined.  The main new features of the NAL 
are the Parameter Set concept that decouples the (synchronous) 
video stream from the (asynchronous) transmission of picture 
header information, the introduction of Network Abstraction 
Layer Units and the definition of a bit-stream oriented video 
sytntax. A brief overview over an RTP packetization scheme 
was described. The authors and the JVT are confident that the 
transport issues presented will allow a simple integration of 
highly efficient JVT/H.26L coded video in many different net-
works and applications and will simplify gateway operations 
significantly.  
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