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Abstract

[The transmission of low-bitrate real-time traffic is inefficient in IP networks with regard to bandwidth utilization by user
data due to the high protocol overhead. Header compression mitigates this shortcoming but it is only applicable on a link

by link basis. In this paper we propose the combination of header compression techniques and MPLS technology to enable

[RTP/UDP/IP header compression over several IP hops. We present numerical results that illustrate the performance gain.

1 Introduction

A large part of today’s toll-quality real-time data con-
sists of low-bitrate traffic such as voice, video, and cir-
cuit switched data. They originate e.g. in the terrestrial
radio access networks of wireless communication systems
like GSM or UMTS and are carried over low-bandwidth
links. When low-bitrate real-time data are transported over
TP networks, the RTP/UDP/IP header suite results in a large
overhead that decreases the bandwidth utilization by user
data drastically.

Header compression is a means to overcome this ineffi-
ciency at the expense of increased processing complexity
in the routers. The headers of packets sharing the same
context are mapped to a small connection identifier (CID).
The payload is carried over the link together with the CID
and some additional information instead of the regular
header. Based on that information the original header is
Irestored at the receiver. Because the IP information is no
llonger available in the packet, IP routing does not work
anymore. As a consequence, IP header compression is
only applicable between two adjacent IP hops.

IMPLS is an emerging technology for traffic engineering in
TP networks and it is likely to be deployed in future com-
imunication systems. A so-called label switched path (LSP)
in MPLS establishes a data pipe over several hops between
two non-adjacent IP nodes. Packets are forwarded only ac-
cording to the small MPLS label and the information of the
encapsulated IP header is not required. Therefore, header
compression can be applied between the first and last la-
bbel switching router (LSR) of an LSP, and only the end
systems need to implement header compression. The in-

This work is structured as follows. In Section 2 we con-
sider the transport of low-bitrate real-time data. We point
out their quality of service (QoS) requirements and present
an admission control (AC) formula for periodic and ho-
mogeneous flows. The transport of low-bitrate real-time
data over ATM and IP networks is inefficient, so header
compression techniques are used to overcome this weak-
ness. In Section 3 we briefly present the basics of MPLS
and propose to combine RTP/UDP/IP header compression
with MPLS technology. The numerical results in Section
4 show the influence of header compression in MPLS net-
works for low-bitrate real-time traffic and illustrate some
performance tradeoffs. Section 5 summarizes our find-
ings.

2 Transport of Low-Bitrate Real-
Time Traffic

In this section we describe a probabilistic QoS criterion for
real-time traffic. We propose an AC formula for periodic
and homogeneous traffic sources which allows for high
link utilization, especially on expensive low-bandwidth
links. Low-bitrate real-time traffic leads to transport inef-
ficiencies with current network protocols. This deficiency
can be overcome by various header compression and tun-
neling mechanisms.

2.1 QoS Requirements for Real-Time Traffic

The major traffic volume of today’s real-time data is due to
telephony. In the future, video and other time critical appli-

termediate LSRs just forward the data transparently. Thus,
twith MPLS several hops can profit from a single header
compression which makes its use more attractive. In turn,
the benefits from header compression encourage the de-
fployment of MPLS.

cations also require circuit emulation for their data trans-
port. In contrast to web traffic, real-time data yield higher
revenues but they must be forwarded with low loss and de-
lay. The waiting time is a suitable measure to define a QoS
criterion for real-time traffic. A packet has a certain de-
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lay budget DB, i.e. it may wait for D B time in the buffer
of each node for its transmission due to queuing. A hard
[bound for the waiting time is a very conservative approach
lwhich leads to low bandwidth utilization of the link. Thus,

determined by the arrival pattern of the joint packet arrival
process within a single inter-arrival time interval of time
tiat. To obtain the waiting time distribution, this system
can be modeled by an N = D/D /1 queue which denotes

fit is better to soften this requirement to a probabilistic ap-
[proach. The probability for the waiting time to exceed the
D B must be smaller than p or in other words: The (1 — p)
quantile of the waiting time distribution must be smaller
than D B. Figure 1 illustrates this concept. For interactive
freal-time traffic we use the parameter set p = 10~* and
DB = 5 ms. Another aspect is the packet loss probability.
However, this is not really an issue because the delay con-
straint requires short queues so that reasonably designed
buffers can prevent packet loss.

A

P(W>t)

!
P(W>DB) < p

DB Waiting Time t

the multiplexing of /V identical flows with constant packet
inter-arrival and service time. An analysis of that system
is found in [1]. By essentially randomizing all possible
arrival patterns the waiting time distribution for packets in
this system is obtained. An adaptation of the approximated
formula to our context yields:

P(W >DB) =
exp(_2'DB-< Do +1—N't“>) M

tst N tst tiat

2.3 Header Compression for Low-Bitrate
Real-Time Traffic

Now, we consider transport alternatives for low-bitrate
real-time traffic in the Internet. First, we present the con-
ventional RTP tunneling approach which is inefficient re-
garding the network utilization by user data. Header com-
pression can be done on a link-by-link basis to overcome
this weakness. Finally, packets with compressed headers
may be multiplexed into a single RTP/UDP/IP packet and

‘Figure 1: The quantile of the waiting time defines a delay
criterion for QoS.

2.2 Admission Control for Periodic Real-
Time Traffic

lln the terrestrial radio access network of GSM or UMTS,
lleased low-bandwidth links are used to interconnect the
\users with the core network. This is a costly solution and,
ltherefore, it is desirable to use the rented capacity effi-
ciently to avoid unnecessary expenses. A high network uti-
lization is desired but the real-time constraints of the data
Imust not be violated. To solve this conflict, the dimension-
ling of the network capacity is rather tight and AC for new
flows prevents congestion on a link.

|An efficient AC takes advantage of the flow characteris-
lics. The low end-to-end delay requirement influences also
the traffic generation process. The time to assemble a data
Ipacket by the application is kept short, therefore, the user
jpayload size of a data packet is small. Hence, real-time
kraffic is often characterized by the periodic production of
small samples.

We consider the transport of homogeneous flows over a
low-bandwidth link. The periodic packet inter-arrival time
t;q¢ is the same for all flows. In addition, we assume that all

tunneled over several hops to a common destination.

RTP Tunneling. For real-time transport in the Internet,
the Real-Time Transport Protocol (RTP) [2] is used. The
RTP header comprises 12 bytes. It carries a synchroniza-
tion and a contribution source identifier (SSRC, CSRC), a
timestamp, a sequence number, and some flags. It provides
information to resynchronize different streams within an
application. The port numbers of the communicating ap-
plications at the sender and the receiver are qualified in
the User Datagram Protocol (UDP) [3]. The correspond-
ing header is 8 bytes long. Moreover, it records the length
of the UDP packet and protects it with a checksum against
errors. The IP header carries the addresses of the source
and the destination machine. In IP version 4 (IPv4) (4], the
header comprises 20 bytes, thereof 4 octets for each IP ad-
dress. The address space of IPv4 is likely to run out in the
future as soon as each end device in an all IP architecture
requires an own IP address. Therefore, the new IP ver-
sion 6 (IPv6) [5] spends 16 octets per IP address and has a
header size of 40 bytes. We use this alternative in our in-
vestigation. The RTP/UDP/IP protocol suite amounts then
to 60 bytes while the average voice packet size is not even
30 bytes large. This results in a protocol overhead of more
than 200%.

RTP/UDP/IP Header Compression. When real-time

fthe packets have the same size and, as a consequence, the
same service time t,. This leads to a deterministic queu-
ling system with period t;,:. Therefore, it is obvious that
the buffer is empty at least once in a period if the load of
fthe system is smaller than 1. The queuing behavior is fully

data are exchanged, most of the protocol fields show the
following behavior: Either, they do not change at all dur-
ing the session’s lifetime (SSRC, CSRC, ...) or they change
steadily by a constant increment (timestamp, sequence
number, ...). Header compression relies exactly on this
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observation [6, 7, 8]. The constant and steadily chang-
ing data compose the session context. To establish the
context in the compressor and the decompressor at both
sides of a point-to-point link, a full header is exchanged
together with a connection identifier (CID) that is unique
for a session. Then, only the compressed headers contain-
ing the CID and some auxiliary information are transmit-
ted together with the actual payload. The full header is
reconstructed from the CID and the context at the decom-
pressor. To make the system more robust against packet
loss, full headers are transmitted with regular distance. But
under low packet loss conditions this is done only once
within 256 frames, which is almost negligible from a per-
formance point of view. Without the information in the IP
header, packets can not be routed through an IP network.
Therefore, RTP/UDP/IP header compression works only
on a link by link basis.

RTP Multiplexing. A means to overcome this disadvan-
tage is to apply header compression between two arbitrar-
ily distant peers and to transport several of the compressed
packets in a single IP packet to the destination. We refer to

3 Header Compression in MPLS
Networks

In recent years, the IntServ [21] and DiffServ [22] have
been developed for the transport of real-time data in the
Internet. However, they lack powerful traffic engineering
mechanisms to perform route pinning, load sharing, fast
rerouting, and others. This can be achieved by Multiproto-
col Label Switching (MPLS) [23]. MPLS establishes vir-
tual tunnels using only a small label for packet forwarding.
Therefore, it is a suitable candidate for a tunneling technol-
ogy with little header overhead. It may be used in conjunc-
tion with IP networks and is suited for carrying real-time
data with compressed header information.

3.1 Some Basics about MPLS

MPLS is a mechanism to allow packet switching instead of
routing over any network layer protocol [23]. The first la-
bel switching router (LSR) of a label switched path (LSP)
equips the IP packet with a label of 4 bytes and sends it
to the next LSR. The LSRs classify a packet according
to its incoming interface and to its label. Based on this

this by RTP multiplexing. Figure 2 shows the advantage of
RTP multiplexing in an IP network over pure header com-
pression. The resulting packet has an ordinary IP header
and can be carried transparently through the Internet.

Header Compression

Link-by-Link, no IP Packets

Multiplexing

P ™M
—> DE.
Packet 2

‘Figure 2: Header compression versus multiplexing.

[The present Internet draft for tunneling multiplexed
compressed RTP packets [9] is based on an enhanced
RTP/UDP/IP header compression algorithm [7, 10] and a
llayer independent multiplexing protocol [11, 12]. A fur-
fther compression step reduces the size of the multiplexing
layer [13]. This kind of multiplexing requires to collect
several samples with a compressed header for the result-
ling IP packet. The multiplexing interval must be limited

information, label swapping is performed and the packet
is forwarded to the particular outgoing interface. The last
LSR only removes the label from the IP packet header. In
practice, modern routers are capable to both IP routing and
MPLS label switching.

An LSP implements the connection concept. Therefore,
MPLS is often viewed as modified version of the Asyn-
chronous Transfer Mode (ATM) with variable cell size.
But there is a profound difference: ATM enables with its
virtual connection and virtual path concept a two-fold ag-
gregation while MPLS allows for many-fold aggregation
using multiple label stacking, i.e. an LSP may be trans-
ported over other LSPs. This feature may be exploited for
scalable network structures [24].

3.2 Header Compression with MPLS

As we have seen in the previous section, the transmission
of low-bitrate real-time data is inefficient if the size of the
header leads to a small network utilization by user data.
Header compression mitigates the problem at the expense
of losing the IP header such that the packet can only be
transported over a single link using another special layer 2
transport protocol like PPP.

MPLS can be used for tunneling packets with compressed
RTP/UDP/IP headers efficiently because its labels are
small and MPLS is recommended for traffic engineering
purposes. The compressor and the decompressor are es-

fto avoid excessive delays for the transported data. This
lyields an interesting performance behavior that has been
studied in [14, 15, 16]. The ATM Adaptation Layer Type
2 (AAL2)[17, 18] is basically the same approach for ATM
systems and exhibits similar tradeoffs [ 19, 20].

tablished at the ingress and egress of an LSP. The LSP is
a virtual tunnel and carries packets with compressed head-
ers transparently over several IP hops. This idea has been
worked out in [25, 26]. Both the RTP/UDP/IP header suite
can be compressed and a part of the label stack if multi-
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ple label stacking is used. According to the draft, these
headers can be reduced to 2 or 4 bytes including the CID.

On the one hand, this increases the network utilization
by user data and decreases the operational costs but on
the other hand the introduction of header compression is
expensive. To implement compression schemes at high
speed, special purpose hardware is designed. This is costly
since the hardware must be designed in a scalable manner
[27] and compressors and decompressors must work reli-
ably even in case of packet loss and other network failures.

Therefore, it is important to estimate the performance gain
attained by header compression in order to balance the ex-
penses against the expected benefits.

4 Numerical Results

|A given number of flows IV produces a certain offered load
‘for a link. We distinguish between the net load and the
gross load. The first takes only the user payload into ac-
count, the second one also the protocol headers. We use
[Equation (1) to determine the maximum number of con-
Inections that can be transported over a link without violat-
ling the delay constraint. This leads to the critical load. We
are specifically interested in the critical net load which is
fthe maximum network utilization by user data.

with HC

Voice Traffic

without HC,
scaled by 2.47

Critical Net Load
o
N

without HC

2 3
Bandwidth [Mbps]

Figure 3: The performance gain by header compression
(HC) is more than the reduced mean rate.

4.2 Influence of Burstiness and Protocol
Overhead

The phenomenon observed above can be illustrated more
clearly by a 64 kbit/s CSD emulation service in IP net-
works. One packet is assembled per transmission time in-
terval (TTI) and sent over the network. For a TTI=20 ms,
the resulting user payload size is 160 bytes. We investigate
the performance of the system depending on the duration

In this section, we compare the critical net load for voice
traffic with and without header compression. We illustrate
that packetization of 64 kbit/s circuit switched data (CSD)
lhas a large influence on the critical net load of the link.
his leads to the conclusion that the positive impact from
header compression on the critical net load is two-fold: the
mean rate and the burstiness of the flows are reduced.

4.1 Performance Gain by Header Compres-
sion

'We consider voice streams coded with 12 kbit/s such that
every 20 ms a frame of 30 bytes is transmitted. The
conventional RTP/UDP/IP/MPLS protocol suite yields a
header size of 64 bytes (= 94 bytes packet size) while
header compression allows to work with a compressed
RTP/UDP/IP header of 4 bytes. Such a packet is tunneled
through an LSP equipped with a label of 4 bytes such that

the resulting packet size is 38 bytes large.
[Voice transmission without header compression is clearly

of TTT which is proportional to the resulting payload size.
Again, the normal header size is 64 bytes and the size of a
compressed header tunneled by an LSP is 8 bytes.

0.7
CSD Traffic

06 without HC
go.s» Bandwidth = 4 Mbps
Yo 0.4F
=
803 Bandwidth = 1 Mbps
Soal

f Wj e
0.1
° 20

40 60 80
TTIin [msec]

Figure 4: The impact of the link bandwidth on the opti-
mum TTI value.

finferior to the header compression alternative. It is obvious
that the gross rate of a stream is reduced from 37.6 kbit/s
lto 15.2 kbit/s, hence, we expect an increase of network uti-

Figure 4 shows that an optimum TTT exists for the trans-
mission of CSD. This can be explained as follows. The
user payload size in a packet is proportional to the TTI

lization by user data of 147%. However, as we can see in
[Figure 3, the actual growth is even larger, in particular for
llow-bandwidth links. This fact is due to the reduced bursti-
Iness of the traffic. This will be shown in the following.

while the header size is constant. Hence, large TTIs yield
a large proportion of user payload in the transported data
volume. Conversely, large TTIs lead to long packets that
have an adverse impact on the maximum gross load on
the link because of the increased burstiness of the traffic.
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Hence, there must be an optimum TTI that maximizes the
critical net load. The graph contrasts the critical load for
links with a bandwidth of 1 and 4 Mbit/s and it is evident
that the optimum TTI depends on the link bandwidth. A
similar behavior is observed for a 4 Mbit/s link with and
iwithout header compression. Header compression clearly
\increases the critical net load (cf. Figure 5) but it does not
displace the optimum value for TTI.

capabilities, this finding is another reason to use MPLS in
future networks.
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