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Abst r act

The purpose of this docunment is to outline requirements and
notivations for the devel opment of a schenme for conpression and
deconpressi on of nessages fromsignaling protocols. In wireless
environnents and especially in cellular systems, e.g., GSM (d oba
System for Mobile conmuni cations) and UMIS (Uni versal Mbbile

Tel ecommuni cati ons Systen), there is a need to maxi nize the transport
efficiency for data over the radio interface. Wth the introduction
of SIP/SDP (Session Initiation Protocol/Session Description Protocol)
to cellular devices, conpression of the signaling nessages shoul d be
considered in order to inprove both service availability and quality,
mainly by reducing the user idle time, e.g., at call setup.
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1

| ntroducti on

In wireless environnents, and especially in cellular systens, such as
GSM GPRS, there is a need to maxim ze the transport efficiency of
data over the radio interface. The radio spectrumis rather
expensi ve and nust be carefully used. Therefore, the cellular
systens nmust support a sufficient nunber of users to nake them
econom cally feasible. Thus, there is alimtation in the per user
bandwi dt h.

Conpressing the headers of the network and transport protocols used
for carrying user data is one way to nake nore efficient use of the
scarce radi o resources [ROHC]. However, conpression of the nmessages
from signaling protocols, such as Sl P/ SDP, should al so be considered
to increase the radi o resource usage even further. Conpression wll
al so inmprove the service quality by reducing the user idle tine at
e.g., call setup. When IP is used end-to-end, new applications, such
as streaming, will be brought to tiny end-hosts, such as cellular
devices. This will introduce additional traffic in cellular systens.
Conpressi on of signaling nessages, such as RTSP [ RTSP], should al so
be considered to inprove both the service availability and quality.

New services with their correspondi ng signaling protocols make it
reasonabl e to consider a schenme that is generic. The schenme should
be generic in the neaning that the schene can efficiently be applied
to arbitrary protocols with certain characteristics, such as the
ASCI | based protocols SIP and RTSP

1.1. Protocol Characteristics

The foll owi ng application signaling protocols are exanples of
protocols that are expected to be comonly used in the future. Sone
of their characteristics are described bel ow

1.1.1 SIP

The Session Initiation Protocol [SIP] is an application |ayer

protocol for establishing, nodifying and term nating multinmedia
sessions or calls. These sessions include Internet nultimedia
conferences, Internet tel ephony and simlar applications. SIP can be
used over either TCP [TCP] or UDP [UDP]. SIP is a text based
protocol, using |ISO 10646 in UTF-8 encodi ng.
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1.1.2 SDP

The Session Description Protocol [SDP] is used to advertise

mul ti nedi a conferences and conmuni cate conference addresses and
conference tool specific information. It is also used for genera
real -tinme nmultinedia session description purposes. SDP is carried in
the nessage body of SIP and RTSP nessages. SDP is text based using
the | SO 10646 character set in UTF-8 encodi ng.

1.1.3 RTSP

The Real Tine Stream ng Protocol [RTSP] is an application |eve
protocol for controlling the delivery of data with real-tine
properties, such as audio and video. RTSP nmay use UDP or TCP (or
other) as a transport protocol. RTSP is text based using the |1SO
10646 character set in UTF-8 encoding.

1.1.4 Protocol Simlarities

The above protocols have many simlarities. These simlarities wll
have inplications on solutions to the problens they create in
conjunction with e.g., cellular radio access. The simlarities

i ncl ude:

- Requests and reply characteristics. Wen a sender sends a
request, it stays idle until it has received a response. Hence,
it typically takes a nunber of round trip tines to conclude e.g.
a SIP session.

- They are ASCI| based.

- They are generous in size in order to provide the necessary
information to the session participants.

- SIP and RTSP share many common header field nanes, nethods and
status codes. The traffic patterns are also simlar. The
signaling is carried out primarily under the set up phase. For
SIP, this nmeans that the najority of the signaling is carried out
to set up a phone call or nmultinmedia session. For RTSP, the
majority of the signaling is done before the transm ssion of
application data.

1.2. Cellular System Radi o Characteristics
Partly to enable high utilization of cellular systems, and partly due

to the unreliable nature of the radio nedia, cellular |inks have
characteristics that differ sonewhat froma typical fixed link, e.g.

Hannu I nf or mati onal [ Page 3]



RFC 3322 Si gConmp Requi renents & Assunpti ons January 2003

copper or fiber. The nost inportant characteristics are the |ossy
behavi or of cellular links and the large round trip times.

The quality in a radio systemtypically changes fromone radio frane
to another due to fading in the radio channel. Due to the nature of
the radio nmedia and interference fromother radi o users, the average
bit error rate (BER) can be 10e-3 with a variation roughly between
10e-2 to 10e-4. To be able to use the radio nmedia with its error
characteristics, nethods such as forward error correction (FEC) and
interleaving are used. |If these methods were not used, the BER of a
cellul ar radi o channel would be around 10 % Thus, radio links are,
by nature, error prone. The final packet loss rate may be further
reduced by applying low | evel retransm ssions (ARQ over the radio
channel ; however, this trades decreased packet |oss rate for a |arger
delay. By applying nethods to decrease BER, the systemdelay is
increased. In some cellular systens, the algorithmc channel round
trip delay is in the order of 80 nms. Other sources of delays are
DSP- processi ng, node-internal delay and transm ssion. A genera
value for the RTT is difficult to state, but it might be as high as
200 ms.

For cellular systens it is of vital inportance to have a sufficient
nunber of users per cell; otherw se the system cost woul d prohibit
deployment. It is crucial to use the existing bandw dth carefully;
hence the average user bit rate is typically relatively | ow conpared
to the average user bit rate in wired line systens. This is
especially inportant for nass nmarket services |ike voice.

2. Motivation for Signaling Reduction

The need for solving the problens caused by the signaling protoco
nmessages is exenplified in this chapter by |ooking at a typica
SI P/ SDP Call Setup sequence over a narrow band channel

2.1 Estimation of Call Setup Delay Using SIP/ SDP

Figure 2.1 shows an exanple of SIP signaling between two ternination
points with a wireless |ink between, and the resulting delay under
certain system assunpti ons.

It should be noted that the used figures represent a very narrow band
link. E.g., a WCDVA system can provide maxinumbit rates up to 2
Miits/s in ideal conditions, but that neans one single user would
consune all radio resources in the cell. For a mass market service
such as voice, it is always crucial to reduce the bandw dth

requi renents for each user
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dient Net wor k- Pr oxy Si ze [ bytes] Ti me [ ns]
I ---------- INVITE -=------- >I 620 517+70=587
| <-- 183 Session progress —--I 500 417+70=487
I ---------- PRACK ---------- >I 250 208+70=278
I< ----- 200 OK (PRACK) ------ I 300 250+70=320
< ..... RSVP and SM ... .... >|
|- COVET - ---cmem-- >| 620 517+70=587
| <----- 200 OK (COMET) ------ I 450
I< ------ 180 Ringing -------- I 2§o 567+70=637
I ---------- PRACK ---------- >I 250 208+70=278
I< ----- 200 OK (PRACK) ------ I 300
I< --------- 200 OK ---------- I 4;o 625+70=695
I ----------- ACK ----mmmmo >I 230 192+70=262

Figure 2.1. SIP signaling delays assunming a |ink speed of 9600
bits/sec and a RTT of 140 ns.

The one way delay is cal culated according to the follow ng equation

OneVayDel ay =
MessageSi ze[ bi ts]/Li nkSpeed[ bits/sec] + RIT[sec]/2 (eq. 1)

The foll owi ng val ues have been used:

RTT/ 2: 70 ns
Li nkSpeed 9.6 kbps

The delay formula is based on an approxi mati on of a WCDVA radi o
access nethod for speech services. The approximation is rather
crude. For instance, delays caused by possible retransm ssions due
to errors are ignored. Further, these calcul ations al so assune that
there is only one cellular link in the path and take delays in an
eventual internmediate IP-network into account. Even if this
approximation is crude, it is still sufficient to provide
representative nunbers and enabl e conpari sons. The nessage size
given in Figure 2.1, is typical for a SIP/SDP call setup sequence.
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2.1.1 Delay Results

Appl ying equation 1 to each SI P/ SDP nessage shown in the exanple of
Figure 2.1 gives a total delay of 4131 ns fromthe first SIP/ SDP
nmessage to the last. The RSVP and Session Managenent (Radi o Bearer
setup), displayed in Figure 2.1, will add approximately 1.5 seconds
to the total delay, using equation 1. However, there will also be
RSVP and SM signaling prior to the SIP INVITE nmessage to establish
the radi o bearer, which would add approxi mately another 1.5 seconds.

In [TSE there is a comparison between GERAN call setup using SIP and
ordinary GSM call setup. For a typical GSMcall setup, the tine is
about 3.6 seconds, and for the case when using SIP, the call setup is
approximately 7.9 seconds.

Anot her situation that would benefit fromreduced signaling is
carrying signaling nmessages over narrow bandwidth links in md-call
For CERAN, this will result in frame stealing with degraded speech
quality as a result.

Thus, solutions are needed to reduce the signaling delay and the
requi red bandwi dt h when consi deri ng both system bandwi dth
requi rements and service setup del ays.

3. Alternatives for Signaling Reduction

More or less attractive solutions to the previously nentioned
probl ems can be outlined:

- Increase the user bit rate

An increase of the bit rate per user will decrease the nunber of
users per cell. There exist systens (for exanple WCDMA) which can
provide high bit rates and even variable rates, e.g., at the setup
of new sessions. However, there are also systenms, e.g., GSM EDGE
where it is not possible to reach these high bit rates in al
situations. At the cell borders, for example, the signal strength
to noise ratio will be lower and result in a lower bit rate. In
general , an unnecessary increase of the bit rate shoul d be avoi ded
due to the higher system cost introduced and the possibility of
deni al of service. The latter could, for exanple, be caused by

| ack of enough bandw dth to support the sending of the |arge setup
nessage within a required tine period, which is set for QS
reasons.
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Decrease the RTT of the cellular |ink

Decreasing the RTT would require substantial system changes and is
thus not feasible in the short term Further, the RTT-del ay
caused by interleaving and FEC wi ||l always have to be present
regardl ess of which systemis used. Qherwise the BER will be too
high for the received data to be useful, or alternatively trigger
retransm ssi ons giving an average total delay of the same or

hi gher nagni t ude.

Optim ze nessage sequence for the protocols

If the request/response pattern could be eased up, then "keeping
the pipe full" could be a way forward. Thus, instead of follow ng
the nmessage sequence described in Figure 4.2, nore than one
nmessage woul d be sent in a row, even though no response has been
recei ved. However, this would entail protocol changes and may be
difficult at the current date.

Protocol stripping

Renoving fields froma nessage woul d decrease the size of the
nmessages to some extent. However, this would cause the |oss of
transparency and thus violate the End-to-End principle and is thus
not desirabl e.

Conpr essi on

By conpressing nessages, the inpact of the nmentioned probl ens
could be decreased. Conpared to the other possible solutions
conpressi on can be made, and nust be, transparent to the end-user
application. Thus, conpression seens to be the nost attractive
way forward.

4. Assunmptions

Hannu

Negoti ati on

How t he usage of conpression is negotiated is out of the scope for
this conpression solution and nmust be handled by e.g., the
protocol the nessages of which are to be conpressed.

Rel i abl e transport

Wth reliable transport, it is assunmed that a transport recovered

fromdata that is damaged, |ost, duplicated, or delivered out of
order, e.g., [TCP].
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Unreliable transport

Wth unreliable transport, it is assuned that a transport does not
have the capabilities of a reliable transport, e.g., [UDP].

5. Requirenents

This chapter states requirenents for a signaling conpression schene
to be developed in the | ETF ROHC WG

The requirenents are divided into two parts. Section 5.1 sets
general requirenents concerning the Internet infrastructure, while
Section 5.2 sets requirenents on the schene itself.

5.1. General Requirenents

1

3a.

3b.

Hannu

Transparency: Wen a nmessage is conpressed and then deconpressed,
the result nust be bitwise identical to the original nessage.

Justification: This is to ensure that the conpression schene will
not cause problens for any current or future part of the Internet
infrastructure

Not e: See al so requirenent 9.

Header conpression coexi stence: The conpression schene nust be
able to coexist with header conpression, especially the ROHC
pr ot ocol

Justification: Signaling conpression is used because there is a
need to conserve bandw dth usage. |n that case, header
conpression will likely be needed too.

Conpatibility: The compression scheme nust be constructed in such
a way that it allows the above protocols’ mechanisnms to negotiate
whet her the conpression schene is to be applied or not.

Justification: Two entities nust be able to communi cate
regardl ess if the signaling conpression schene is inplenmented at
both entities or not.

Ubiquity: Mdifications to the protocols generating the nmessages
that are to be conpressed, nust not be required for the
conpressi on scherme to work.

Justification: This will sinplify depl oynent of the conpression
schene.
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Not e: This does not preclude maki ng extensions, which are rel ated
to the signaling conpression schenme, to existing protocols, as
long as the extensions are backward conpati bl e.

CGenerality: Conpression of arbitrary message streanms nust be
supported. The signaling conpression scheme nust not be limted
to certain protocols, traffic patterns or sessions. |t nust not
assune any nessage pattern to be able to perform conpression

Justification: There mght be a future need for conpression of
different ASCI|I based signaling protocols. This requirenent wll
mnimze future work.

Note: This does not preclude optimzation for certain streans.

Uni directional routes: The conpression scheme nust be able to
operate on unidirectional routes, i.e., without explicit feedback
nessages fromthe deconpressor.

Note: | nplenentati ons on unidirectional routes nmight possibly
show a degraded perfornance conpared to inplenentations on bi-
directional routes.

Transport: The solution nust work for both unreliable and
reliabl e underlying transport protocols, e.g., UDP and TCP

Justification: The protocols, which generate the nmessages that
are to be conpressed, may use either an unreliable or a reliable
under|ying transport.

Note: This should not be taken to nean that the sane set of
sol uti on nmechani sns nust be used over both unreliable and
reliable transport.

5.2. Performance Requirements

The performance requirenents in this section and the foll ow ng
subsections are valid for both unreliable and reliable underlying
transport.

7.

Hannu

Scal ability: The scheme nust be flexible to accommbdate a range
of conpressors/deconpressors with varying nenory and processor
capabilities.

Justification: A primary target for the signaling conpression

schene is cellular systens, where the nobile term nals have
varying capabilities.
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Del ay: The signaling conpression nmust not noticeably add to the
del ay experienced by the end user

Justification: Reduction of the user experienced delay is the
mai n purpose of signaling conpression

Note: This requirenent is intended to prevent schenes that

achi eve conpression efficiency at the expense of delay, i.e.
gueui ng of messages to inprove the conpression efficiency should
be avoi ded.

The followi ng requirenments are grouped into two subsections, a
robust ness section and a conpression efficiency section

5.2. 1.

Robust ness

The requirenents in this section concern the issue of when conpressed
nessages shoul d be correctly deconpressed. The transparency
requirenment (first requirenent) covers the issue with faulty
deconpressed nessages.

9.

10.

11.
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Resi dual errors: The conpression scheme nmust be resilient against
errors undetected by | ower layers, i.e., the probability of

i ncorrect deconpression caused by such undetected errors nust be
| ow.

Justification: A primary target for the signaling conpression
schene is cellular systens, where undetected errors mght be
i ntroduced on the cellular link

Error propagation: Propagation of errors due to signaling
conpressi on should be kept at an absolute mininum Loss or
danage to a single or several nessages, between conpressor and
deconpressor should not prevent conpression and deconpression of
| at er messages.

Justification: Error propagation reduces resource utilization and
quality.

Del ay: The conpressi on schenme nmust be able to perform conpression

and deconpressi on of messages under all expected del ay
condi ti ons.
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5.2.2. Conpression Efficiency
This section states requirenents related to conpression efficiency.

12. Message | oss: Loss or damage to a single or several nessages, on
the |ink between conpressor and deconpressor, should not prevent
the usage of |ater nessages in the conpressi on and deconpression
process.

13. Moderate nessage nisordering: The schene should allow for the
correct deconpression of nessages, that have been noderately
m sordered (1-2 nmessages) between conpressor and deconpressor
The schenme shoul d not prevent the usage of later nessages in the
conpressi on and deconpressi on process.

Justification: Msordering is frequent on the Internet, and this
ki nd of misordering is comon.

6. Security Considerations

A protocol specified to neet these requirenents nust be able to cope
wi th packets that have undergone security neasures, such as
encryption, w thout adding any security risks. This docunent, by
itself however, does not add any security risks.

7. | ANA Consi derati ons

A protocol which nmeets these requirements nmay require the 1ANA to
assign various nunbers. This document by itself however, does not
require any | ANA invol venent.
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