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Abstract
In this paper, we propose the use of compression techniques for RTP/UDP/IP/MPLS
headers in MPLS networks to enable header compression over several IP hops. We
consider the transmission of low-bitrate real-time traffic and analytical results illustrate performance tradeoffs regarding network utilization by user data. Header compression reduces the gross rate of low-bitrate streams and increases the transmission
capacity of the network for voice traffic by 150%. For circuit switched data services
it is important to choose a suited packet size to maximize the performance. This explains why the reduced burstiness by header compression leads also to a more than
intuitively expected performance gain on low-bandwidth access links.
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1 Introduction
A large part of today’s toll-quality real-time data consists of low-bitrate traffic such as
voice, video and circuit switched data. They originate e.g. in the terrestrial radio access
networks of wireless communication systems like GSM and UMTS and are carried over
low-bandwidth links. When low-bitrate real-time data is transported over IP 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 inefficiency
due to increased processing complexity in the participating routers. It is conceived for
point-to-point links and can in general not be used over several IP hops. MPLS is a newly
emerging technology for traffic engineering in IP networks and it is likely to be deployed
in future communication systems. It introduces a connection concept that defines logical
links over several IP hops. This allows to apply compression schemes for low-bitrate realtime data over several IP hops which makes the use of compression schemes more flexible
and less CPU time consuming in the intermediate routers. Thus, the use of header compression becomes more attractive in combination with MPLS and the benefits by header
compression encourage the deployment of MPLS.
This work is structured as follows. In Section 2 we consider the transport of lowbitrate real-time data. We suggest an admission control mechanism to meet the QoS
constraints. The transport over ATM and IP networks is inefficient and header compression techniques try to overcome this weakness. In Section 3, we shortly present the basics
of MPLS and propose to adapt header compression to MPLS. The numerical results in
Section 4 explain performance tradeoffs regarding low-bitrate real-time traffic and show
the influence of header compression for RTP/UDP/IP/MPLS headers. Section 5 draws the
conclusion from this work.
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2 Transport of Low-Bitrate Real-Time Traffic
In this section we describe how admission control can be done for real-time traffic to
meet its quality of service constraints. The low-bitrate and real-time properties lead to
transport inefficiencies with current network protocols that can be overcome by various
header compression and tunneling mechanisms.
2.1 Admission Control for Real-Time Traffic
In contrast to web traffic, real-time data yield higher revenues but they must be forwarded
with low loss and delay even to mobile customers. In the terrestrial radio access network of GSM or UMTS, leased lines are used to interconnect the users with the core
network. This is a costly solution and, therefore, it is desirable to make best use of the
rented capacities to avoid unnecessary expenses. A high network utilization is required
but the real-time contraints of the data must not be violated. To solve this conflict, the
dimensioning of the network capacity is rather tight and admission control (AC) of new
flows prevents congestion on the links. An efficient and still conservative AC must take
advantage of the flow characteristics.
The major traffic volume of today’s real-time data is due to telephony and video or it
results from time critical applications that require a circuit switched data (CSD) emulation
from source to destination. The low end-to-end delay requirement includes the traffic
generation so that the time to assemble a data packet by the application is kept short
which often results in small payload sizes. As a consequence, real-time traffic is often
characterized by the the periodic production of small samples.
We multiplex several real-time flows with a fixed period packet inter-arrival time 
on a common link. We assume only homogeneous traffic, so all the packets have the
same size and the same service time   . Since the inter-arrival times are periodic and the
service times are deterministic, the whole queuing process is periodic with period   .
It is obvious that the buffer queue must run empty at least once in a period if the load of
the system is smaller than 1. Furthermore, the queuing behavior is fully determined of the
inter-arrival pattern of the joint packet arrival process within a single interval of time   .
To obtain the waiting time distribution, this system can be modeled by an 
queue which denotes the multiplexing of  identical flows with constant packet interarrival and service time. An analysis of that is found in [1]. It essentially randomizes all
possible arrival patterns to obtain a waiting time distribution for arriving packet in this
system. We just apply these mathematical formulae for the derivation of the numerical
results in Section 4.
The waiting time is a suited criterion to define a QoS constraint for real-time traffic.
We assume that a packet may wait for a given delay budget  per hop because of
queuing in the buffer. This is a very conservative approach since it is basically possible
that all packets of the  sources arrive in one shot which leads to a maximum waiting
time of   . Thus, it is better to soften this requirement to a probabilistic approach.
The probability for the waiting time to exceed the delay budget  must be smaller than

or in other words: The    quantile of the waiting time distribution must be smaller
than  . For interactive real-time traffic we use the parameter set ! #" $% and & !('
msec. Figure 1 illustrates this concept. Another aspect is the packet loss probability.
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However, as mentioned before, the buffer queue runs empty at least once per )+*-,/.103214 time
and, therefore, it can be dimensioned large enough to prevent packet losses due to buffer
overflow at all.
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Figure 1: The quantile of the waiting time is a measure for QoS.

Using this analysis the maximum @ can be found for which the QoS constraint is
still met. Having a number of flows, we can compute the offered load of the system and
we get the critical load based on @ . For the computation of the offered load, we have
the option to compute either the gross load including all protocol overhead or the net load
which is based on the mere user payload. In our investigation, we always refer to net load
since we want to compare the network utilization by user data.
2.2 Header Compression for Low-Bitrate Real-Time Traffic
We consider now transport alternatives for low-bitrate real-time traffic in the Internet.
First, we present the conventional RTP tunneling approach which is inefficient regarding
the network utilization by user data. Header compression 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 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 synchronization
source identifier (SSRC), a timestamp, a sequence number, and some flags. It provides
information to resynchronize different streams within an application. The port numbers
of the communicating applications at the sender and the receiver machine are qualified in
the User Datagram Protocol (UDP) [3]. Its header is  bytes large. Moreover, it records
the length of the UDP packet and protects it with a checksum against errors. The IP protocol header carries the addresses of the source and the destination machine. In the old IP
version 4 (IPv4) [4], the header comprises  bytes, thereof  octets for each IP address.
The address space of IPv4 is likely to run out in the future, especially as soon as an all
IP architecture requires lots of end devices. Therefore, the new IP version 6 (IPv6) [5]
spends # octets per IP address and has a header size of  bytes. We use this alternative
in our investigation. The RTP/UDP/IP protocol suite amounts to  bytes while the average voice packet size is not even  bytes large. This results into a protocol overhead of
more than  .
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RTP/UDP/IP Header Compression. When real-time data are exchanged, most of the
protocol fields do not change during the session lifetime and the timestamp and the sequence number change steadily, e.g. by an increment of 1. This is a prerequisite for
header compression over a point-to-point link because it relies exactly on this observation
[6, 7, 8]. The constant and steadily changing data compose the session state that is mapped
to a connection identifier (CID) such that the complete header can be reconstructed from
the CID. 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 the CID. To make the system
more robust, full headers are transmitted with regular distance but under good conditions,
this is done only once for 256 frames. RTP/UDP/IP header compression works only on a
link-by-link basis because of the compressed header. Without an IP header, packets can
not be routed through an arbitrary transit IP network.
RTP Multiplexing. A means to overcome this handicap is to apply header compression
between two arbitrarily distant peers and to transport several of the compressed packets
in a single IP packet to the destination. This is called multiplexing. Figure 2 shows the
advantage of multiplexing techniques in an IP network over pure header compression.
The resulting packet has an ordinary IP header and can be carried transparently through
the Internet.
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Figure 2: Header compression versus multiplexing.

The present Internet draft for multiplexing compressed RTP packets [9] is based on
an enhanced RTP/UDP/IP header compression algorithm [7, 10] and a layer independent
multiplexing protocol [11, 12]. A further 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 resulting IP packet. The time for that must be limited to avoid
additional delays for the transported data. This yields some interesting performance behavior that have 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].
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3 Header Compression in MPLS Networks
In the recent years, research has concentrated on the transport of real-time data in packet
switched networks. In IP networks, the IntServ [21] and DiffServ [22] approach seem
to be promising. However, they lack powerful traffic engineering mechanism to perform
route pinning, load sharing, fast rerouting, and others. To facilitate this, Multiprotocol
Label Switching (MPLS) [23] is introduced. MPLS establishes virtual tunnels using only
a small label for packet forwarding. Therefore, it offers itself as a tunneling technology
with little header overhead. It may be used in conjunction 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]. A label switched path in MPLS represents a connection. The first
label switching router (LSR) equips the IP packet with a label of . bytes and sends it to
the next LSR. The LSRs classify a packet according to its incoming interface and label.
Based on this 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, routers are capable to both IP routing and MPLS label switching.
MPLS is often viewed as modified version of the Asynchronous 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 aggregation while MPLS allows for manyfold aggregation using multiple label stacking, i.e. an LSP may be transported over other
LSPs. This feature may be exploited for scalable network structures [24].
3.2 The Use of 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 on a point-to-point basis using another special
layer 2 transport protocol like PPP.
We propose to use MPLS for that purpose instead because the labels are small and
MPLS is recommended for traffic engineering purposes anyway. We establish the compressor and the decompressor at the ingress and egress of an LSP. The LSP is a virtual
tunnels that is able to carry packets with compressed headers transparently over several
IP hops. This idea has been worked out in [25, 26]. Not only the RTP/UDP/IP header
suite can be compressed but also a part of the label stack if multiple 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 it is evident that this would increase the network utilization by user
data but on the other hand the use of header compression is costly. To operate at high
speed, special purpose hardware must be designed and compressors and decompressors
must work reliably even in case of packet losses and other network failures. Therefore, it
is important to estimate the performance gain attained by header compression in order to
balance the expenses against the expected benefits.
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4 Numerical Results for Performance Tradeoffs
In this section, we compare the admissible load for voice traffic in terms of user data
on a link with and without header compression. We argue that the performance gain is
more than intuitively expected and illustrate the reason for that on the basis of a tradeoff
observed with a 64 kbps circuit switched data service.
4.1 Performance Gain by Header Compression
We consider voice streams coded with 12 kbps such that every 20 msec a frame of 30
bytes is transmitted. The conventional RTP/UDP/IP/MPLS protocol suite yields a header
size of 64 bytes (=94 bytes burst size) while header compression allows to work with
compressed header of 4 bytes. Theses are tunneled through an LSP equipped with a label
of 4 bytes such that the resulting burst are 38 bytes long.
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Figure 3: The performance gain by header compression (HC) is more than the reduced
mean rate.
Voice transmission without header compression is clearly inferior to the header compression alternative. It is obvious that the gross rate of a stream is reduced from 37.6
kbps to 15.2 kbps, hence, we expect an increase of network utilization by user data of
147%. However, as we can see in Figure 3 the actual growth is even larger, especially for
low-bandwidth links. This fact is due to the reduced packet size.
4.2 Influence of Burstiness and Protocol Overhead
The above observed phenomenon can be illustrated even more clearly by a 64 kbps circuit
switched data service (CSD) emulation over IP. One packet is assembled per transmission
time interval (TTI) and sent over the network. For a TTI=20 msec, the resulting user
payload size is 160 bytes large. We investigate the performance of the system depending
on the duration of TTI which is proportional to the resulting burst size. Again, the normal
header size is 64 bytes, the size for an compressed header tunneled by an LSP is 8 bytes
large.

6

Figure 4 shows that an optimum TTI exists for the transmission of CSD. This can be
explained as follows. For decreasing TTIs, the ratio between user payload size and header
size decreases, too, which has direct impact on the critical net load in the system. For
increasing TTIs, the assembled packet size rises and the increased burstiness reduces the
critical gross load on the link. Hence, there must be a TTI that maximizes the critical net
load. The graph contrasts the critical load for links with a bandwidth of 1 and 4 Mbps.
The conclusion is that the optimum TTI depends on the bandwidth of the carrier network.
A similar behavior is observed for a 4 Mbps link with and without header compression.
The critical net load is clearly optimized (see Figure 5) but the header compression does
not displace the optimum value for TTI.
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Figure 4: The impact of the link bandwidth on the optimum TTI
value.

Figure 5: The impact of header compression (HC) on the optimum TTI
value.

The experiments with CSD traffic prove that solely increased burstiness (even with
slightly decreased mean rate) have an adverse impact on the critical gross load and its
effect depends on the bandwidth. Hence, the benefit of header compression is not only the
smaller mean rate but also the reduced burstiness of the streams. The first one contributes
to a higher user proportion in the gross data and the second one allows a larger critical
gross load in the system. That’s why the profit of header compression is more than one
would intuitively expect.

5 Conclusion
In this work we have proposed to compress RTP/UDP/IP/MPLS headers for low-bitrate
real-time traffic in MPLS networks. An adaptation of existing header compression approaches is required and their application to LSPs instead of point-to-point links allows
to take advantage of its benefits over several hops. Header compression reduces the gross
rate of low-bitrate streams such that the transmission capacity of networks increases for
voice traffic by almost 150%. For the transport of circuit switched data services or other
multimedia applications it is important to choose a suited packet size to increase the network performance. This also motivates the positive impact of reduced data burstiness in
7

the presence of header compression which leads to a more than intuitively expected performance gain on low-bandwidth access links. Apart from traffic engineering capabilities,
this finding is another reason to use MPLS in future networks.
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