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Abstract

This paper remarks IETF based requirements for IP/UDP/RTP header compression issued in 3GPP2 All IP Ad Hoc
Meeting and protocol stacks of the next generation mobile station, All IP Network, for real time application such as
Voice over IP (VolP) multimedia services based on 3GPP2 3G cdma2000. Frames for various protocols expected in the
All IP network Mobile Station (MS) are explained with several figures including the bit-for-bit notation of header
format based on IETF draft of Robust Header Compression Working Group (ROHC). Especially, this paper includes
problems of IS-707 Radio Link Protocol (RLP) for header compression which will be expected to modify in All IP
network MS's medium access layer to accommodate real time packet data service[l]. And also, since PPP has also
many problems in header compression and mobility aspects in MS protocol stacks for 3G cdma2000 packet data
network based on Mobile [P (PN-4286){2], we introduce the problem of solution for header compression of PPP.
Finally, we suggest the guidelines for All IP network MS header compression about expected protocol stacks, radio

resource efficiency and performance
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§. Introduction

the field
engineers study and standardize the new concept about

In of mobile communication, many
the next generation mobile network in order to improve
the transport efficiency based on packet switch and
support current and future IP-based user traffic and
services in a globally common manner. This new
concept, called by All IP Network [3], takes maximum
advantage of existing and planned radio networks and
provides a flexible and open API structure for the
creation and support of new user services. However,
there are many problems needed to solve in the
technical view of All IP network. Due to the packet
based of network,  mobility

management and header compression are the first work

migration mobile
item to evolve to the new generation mobile network
for real time application services. Especially, Internet
Engineering Task Force (IETF) has prepared for robust
compression over cellular link built using
technologies such as WCDMA, EDGE, and cdma2000
as making a working group (WG). This WG has

header

milestones such as the establishment of requirements for
IP/UDP/RTP header compression and the introduction of
IP/UDP/RTP header compression schemes submitted to
Internet Engineering Study Group for publication by late
2000. In spite of bandwidth limitation, the goal of this
the

compression schemes that perform well over links with

working  group is development of header

high error rates and long roundtrip times. By now,
there doesn't exist the satisfied scheme over cellular
links with high loss and long roundtrip latency. We
suggest the protocol stack of All IP multimedia MS, the
suitable header compression scheme and the guideline
for All IP network MS header compression according to
the expected protocol stacks
this
requirements for header compression over the cellular
link in section II based on IETF. And also IP/UDP/RTP
frame format is explained in section III including PPP
of the protocol stack in MS for 3GPP2 3G cdma2000
packet data services. Especially, the issue in the aspect

Therefore, through paper, I will consider

of the header compression and mobility management is

(9)

described in this section. The remainder of this paper is
organized with All IP network MS guidelines and

conclusion.

ll. Header Compression Requirements
The following requirements shown as very simple
description in this paper have, more or less arbitrarily,
been divided into three groups. The first group deals
with requirements concerning the impact of a header
the of the

infrastructure. The second group concerns what kind of

compression scheme on rest Internet
headers that must be compressed efficiently. The final
group concerns efficiency requirements and requirements
which stem from the properties of the anticipated link

technologies.

- Impact on Internet infrastructure
® Transparency : Through process of the compression
/ decompression, the resulting header must be

identical to the original header.

° Ubiquity Must not require modifications to
existing IP (v4 or v6), UDP, or RTP
implementations.

- Supported headers and kinds of RTP streams

® Ipv4 and Ipv6 : Must support both Ipv4 and Ipvé.
®  Mobile [P : The kinds of headers used by Mobile
[P{v4,v6} should be compressed efficiently.
- Efficiency
@® Performance/spectral efficiency : Very good spectral

efficiency same as legacy mobile network

® FError propagation : Should be kept at an absolute
minimum

® Hand-off loss events : seamless hand-off

@ Hand-off context recreation

® Link delay : Minimum

© Processing delay : Minimum

®  Multiple links : The scheme must perform well
when there are two or more cellular links in

end-to-end path.
Packet misordering - The scheme should be able to
compress when there are misordered packets in the
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RTP stream reaching the compressor.

® Configurable frame size fluctuation - It should be
possible to restrict the number of different frame
sizes used by the scheme.

® Residual errors - At most 10 bit error rate

M. Header Compression Issues

3.1 Header Format(4)

For the current All IP network service, protocol
stacks of Al IP MS studied  as
RTP/UDP/IP/PPP/MAC/PHY shown in figure 1 in our
and also can be changed arbitrarily by

is

research,
international standard organization. However, 1 would
like to describe about frame formats of above protocol

stacks.

Real time application
RTP
UDP
1P
PPP
MAC
Physical

Figure 1. Protocol stack of All IP
network MS

a3y 1L Al IP HESA BE7)9
ZZEE 29

a) RTP(Real-time Transport Protocol)

RTP provides end-to-end delivery services for data
with real-time characteristics, such as interactive audio
Those payload type

sequence numbering, timestamping and

and video. services  include
identification,
delivery monitoring. Frame format of RTP is shown in

Figure 2.

(10)
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0 31

VI P[ X| cC | MI PT I Sequence Number
Timestamp
Synchronization Source(SSRC) 1D

Contributing Source(CSRC) ID
Application Data

v Version=2 (2bit), P Padding (1bit), X
Extension(1bit), CC : Contributor Count(4bit)
M : Marker(lbit), PT : Payload Type(7bit)

Figure 2. RTP Fixed header fields format
a3 2. RTP &5 = 3y

b) UDP(User Datagram Protocol)

UDP is a simple, datagram-oriented, transport layer
protocol: each output operation by a process produces
exactly one UDP datagram, which causes one IP
to be This different
stream-oriented protocol such as TCP where the amount
little

IP

datagram sent. is from a
of data written by an application may have

relationship to what actually gets sent in an

datagram. Figure 3 shows the frame format of UDP.

0 15 16
source port number
UDP-length

31

destination port number
UDP checksum

Data

Figure 3. Frame format of UDP
a3 3. UDP =Y FH

¢) IP(Internet Protocol)

IP provides an unreliable, connectionless datagram
delivery service. By unreliable we mean there are no
guarantees that an IP datagram successfully gets to its
destination. IP provides a best effort service. When
something goes wrong, such as a router temporarily
running out of buffer, IP has a simple error handling
algorithm: throw away the datagram and try to send an
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ICMP message back to the source.
reliability must be provided by the upper layers(e.g.,

TCP).

Any required

0 31
Version(4)] header length(4) | TOS(8) Itotal length(16)
Identification(16) fiags(3) fragment
offset(13)

I protocol(8) | header checksum(16)

source [P address
destination IP address

option(if any)

TTL(8)

data

TOS : Type of Service, TTL : Time to Live

Figure 4. Frame format of IP
a9 4. 1p9] ZeYd He

d) PPP

The Point-to-Point Protocol consists of the three

components.

® A way to encapsulate [P datagram on a serial link.

® A Link Control (LCP) to establish,
configure, and test the data link connection.

® A family of network control protocols(NCP) specific
to different network layer protocols.

Protocol

The frame format of PPP is shown in figure 5

l ﬂagl addr I control | protocol | information |CRC [ Falg|

1 1 1 2 up to 1500 byte 2 1
flag : 7E, addr : FF, control : 03,
protocol : 0021(IP datagram), CO021(link control data),
8021(network control data)

Figure 5. Format of PPP frame
a9 5 ppp XY e

(1)

1

3.2 RTP/UDPAP Header Compression Issues

As the voice codec, G.729, an ITU standard of
8kbps packetized voice, is quite popular in landline IP
telephony, such as that used for a 28.8 kbps modem
connection. G.729 uses 10 ms per frame (80bits per
frame for full rate transmission during speech and 15
bits and 20 ms
packet(160 bits per packet for full-rate transmission and
30bits per Thus, 20bytes of
packetized voice are transmitted every 20ms during

per frame during silence) per

packet for silence).
speech. The short interval of 20 ms helps reduce
latency, lessen the impact of packet loss, and improve
quality. be
economical, understand and analyze the

voice For wireless voice-over-IP to
we must
additional overhead incurred by the headers of an 1S-95
traffic frame, radio link protocol (RLP), point-to-point
protocol (PPP), IP, and UDP. Since the header overhead
of UDP, IP, and PPP is well known, we will focus on
Layer 1 and RLP.[5] The information on minimum
header sizes of UDP, IP, and PPP is from the IETF
ROHC WG. Voice signals in IS-95 CDMA are digitized
to produce voice traffic frames, and each frame is
transmitted across the air interface at 20ms intervals.
This short interval produces a voice quality comparable
to that of wireline. CDMA maximizes the efficiency of
RF resource usage by employing digital compression
technology and exploiting some well-known voice
activity patterns during voice conversations.[4] In digital
8 kb/s

transmission rate over the air is needed to achieve

compression, for example, only about an
voice quality equivalent to landlines, where 64kb/s voice
encoding is typically used. While full-duplex connections
are necessary for a good experience in two-way
conversation, most of the time only one end speaks and
the other end listens. CDMA takes advantage of this by
dynamically switching from the so-called full-rate frame
(9,600b/s) during speech to a 1/8rate frame during
silence (1,200b/s) which further improves the usage
efficiency of RF power. As a result, the average traffic
frame is only 3,936b/s every 20ms, even though the
is  9,600b/s. the

resource usage is 3,325b/s every 20ms for information

maximum Similarly, average RF

or voice bits, even though the maximum is 8,550b/s.
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Four traffic rates are used at different levels of voice
activity; their statistics, based on the Markov service
option, may vary slightly from actual field data. The
RF power resources consumed by 1/8rate frames during
the 60% silence, or about 18%of the total RF power
resources consumed by an average circuit-mode voice
call (assuming that frame transmit power is proportional
to frame rate), are not completely wasted. In fact,
be
advantages of RF power resource efficiency compared

packet-mode voice may not able to provide

to circuit-mode voice for three reasons.

First, the 1/8rate frames are needed to support trafﬁc

channel supervision when voice and signaling are
carried over the same radio channel. The supervision
procedures detect any loss of the signaling channel and

remove calls with degraded RF conditions from the

system.
Second, it is possible for 3Gsystems to carry
packetized voice and signaling on separate radio

channels. This scheme could enable a base station to
selectively transmit nothing on a voice channel during
silence, while maintaining traffic channel supervision
and power control over a separate signaling channel.
The new dedicated signaling channel,- however, would

still consume RF power resources during silent periods.

Third, if traffic channel supervision were somehow
changed to allow a 3G system in a base station to turn
off its voice/signaling~ channel during silence without
experiencing the adverse effects described above, any
advantages that might benefit packet-mode voice could
also benefit circuit-mode voice through new circuit
voice options defined to fully exploit this chéngc. To
compete with circuit voice on both quality and price,
any last-hop voice-over-IP scheme using CDMA must
meet the following two challenges:

® A voice packet must be transmitted every 20 ms
during speech, and

® The maximum RF bandwidth consumption must not
exceed 9,600 b/s, with an average of 3,936 brs.

(12)
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This is not possible, given that the overhead of
uncompressed UPD/IP/PPP  headers already 33
(8+20+5) bytes, or 264 bits, per packet, far exceeding
the192 bits of an existing CDMA full-rate traffic frame.
RLP
overhead and the packetized voice payload of 160 bits
using the G.729 format. To close up the gap, the
UDP/IP overhead must be significantly reduced, leading
to 3G All IP Network Design.

is

This calculation does not even consider the

3.3 RLP Traffic Frame |ssues

This section analyzes the RLP, which sits on top of
IS-95. Figure 6 depicts the [S-95 RLP full-rate traffic
frame and two of its formats, A and B. The latter
supports the so-called transparent mode. In this mode
the RLP will be

retransmission if a transmission error occurs over the

fayer above responsible  for
air. Each format is 17lbits in length which, as a
payload, fits into the IS-95 CDMA Rate Set 1 traffic
frame shown in Figure6. During speech (40% of the
time), Format Bwhose fixed payload is 160bitscan be
used to carry the voice-over-IP information. However,
packetized voice using G.729 is 160bits every 20ms,
and the overhead of uncompressed UPD/IP/PPP/RLP is
275(33 * 8+8+3) bits, making it impossible to squeeze
the 435(160+275) bits into the 160data bits of Format
B without using more RF resources. If a voice-over-1P
designer were allowed to allocate more RF resources
and still keep the 20ms per packet requirement, then
the 9,600b/s full-rate traffic frame would be replaced by
a new 22800((192+33 * 8) * 50)b/s full-rate traffic
frame, at least doubling the RF resource usage when
compared with the
22,800b/s full-rate traffic frame is purely hypothetical;
no such frame exists in current 1S-95 CDMA standards.
CDMA  voice-over-IP  for
cellular/PCS radio spectrum is either uneconomical at

circuit voice counterpart. This

In other words, licensed
20ms per packet, or the use of longer packetization
intervals will result in poor voice quality because of
the

However, the situation could be improved significantly

increased latency and impact of packet loss.

by combining some deep UPD/IP header compression
and other techniques, as we discuss below.
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Format A

\8 | 1\ 1| 6 \ Up to 152 bits l Variabl&;l

SEQ CTL RFI LEN Data Padding
Format B

[ 8 , 160bits I 3 }

SEQ Data Type

CTL : RLP Frame Type, RFI : Retransmitted frame

indicator, SEQ : Sequence Number, LEN : Length

Figure 6. RLP full-rate primary traffic and its two
possible formats
1Y 6. RLP Zede] F 7HA &)

a) An Analysis with Optimistic Assumptions

the and thus the

ultimate possibilities for voice-over-IP using CDMA, we

To assess theoretical bounds

may take an optimistic view with some hypothetical
assumptions. Suppose:

® Deep UDP/IP header compression were able to
reduce the UDP/IP overhead from 28(=8+20)bytes to
only lbyte; and

A of CDMA
(non-1S-95) were invented that could squeeze out an
extra 16bits (for example, the SEQ field of Format
B) from the 192bits of the 9,600b/s full-rate traffic
frame. (Some of the 192bits must be reserved for
CDMA and RLP use.)

new, packet-centric  variation

3

If we were to make these assumptions, the extra
16bits could be used to carry a portion of UDP/IP/PPP
headers that now would be only 6bytes (lbyte of
compressed UDP/IP header plus 5 of PPP). If a 60 ms
the 6 bytes of

overhead could be amortized over three full-rate traffic

packetization interval were used,
frames, each transmitted every 20ms at 9,600b/s. While
the voice quality using a 60 ms interval would not be
as good as that of a 20 ms interval, the RF resource
usage would be the same. If, on the other hand, the 20
ms interval were kept, the 9,600b/s frame would be

replaced by a new 11,200((192+4 * 8) * 50)b/s full-rate

(13)

traffic frame, representing a 16% increase in RF usage.
If only UDP/IP compression is used without the new,
packet-centric scheme, a 12,000((192+6 * 8) * 50)b/s
full-rate traffic frame would be needed instead of the
9,600b/s, representing a 25% increase in RF usage.

b) Header Compression in the 3G LAC Layer

One
compression is to compress the headers of UDP, IP,
and PPP in the 3G LAC layer. To reduce the 33bytes
of the UDP/IP/PPP headers down to, say, 6bytes, the
LAC software needs to peek a few levels into the PPP
payload. It also needs to make sense out of PPP states,

alternative to having PPP perform header

IP addressing, and UDP states, as well as many other
things that PPP is designed to do in the first place.
(For example, the PPP performs Van Jacobsons TCP/IP
header compression, which the number of
TCP/IP headers from 40bytes to 5).[7] To achieve these
results, certain software functionality would have to be
duplicated in PPP and LAC, which could be an issue

reduces

for the mobile device. Even if this LAC approach does
not present a big problem in the voice-over-IP case, its
likely be

multimedia-over-IP, which requires a deep understanding

applicability s to limited  for
of all the involved signaling protocols (such as voice,
video, and data). After all, the LACs major role is to
provide reliable transmission over the air, even if its
use makes it necessary to reserve some additional bits

for its header.

IV. Guidelines for All IP Network MS
Header Compression

a) General Guidelines

® If applications like VoIP is important, All IP systems
should be designed the types of
applications that require low end-to-end latency.

to  support
® If multimedia-over-IP in general and voice-over-IP in
particular are quality
services that mobile users have come to expect, 3G

to provide the transparent



14

systems should be designed to support packet data
mobility in a manner as seamless as that of its voice
counterpart in various handoff scenarios.

RTP/UDP/IP header compression must be performed,
requiring cooperation between the mobile and the
netwbrk, to make wireless VoIP economical.
RTP/UDP/IP header compression should be performed
within the wireless network to make it completely
transparent to external networks.

All IP networks should be designed to efficiently
support the second model of VoIP, which use circuit
the
conversion within the wireless access network.

voice over air and performs voice-to-IP
Must provide low relative overhead under expected
operating conditions; compression efficiency should
be better than for
scheme under equivalent operating conditions. The
the

In

previous header compression

error rate should only marginally increase
overhead under expected operating conditions.

other word, spectrum efficiency is a primary goal.

b

T

Special Guidelines

Deployment of header compression algorithm over
the air must be performed by the phased evolution
of All IP Network Architecture Model.

Although ROHC WG define and support just
transparent header compression in the context, we
the
compression with spectral efficiency.

The Interface between PPP and RLP will be
developed; the modification of RLP and the link
layer frame overhead will be minimized by the
negotiation between 3GPP2 and IETF.

The IP layer and link layer QoS and over-the-air

must  consider non-transparent  header

QoS shall be coordinated to ensure the seamless
mobility and the reliable performance of VolP.
The security broken due to header compression and

decompression will be confirmed in MS and All IP ’

networks

V. Conclusion

As the next generation wireless mobile infrastructure,

All IP systems provide high speed data bit rate over

(14)
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the air and advanced service such as multimedia,

Internet access, and seamless roaming and mobility
across the ANSI-41 domain and IP multimedia domain
[8]. 3GPP2 All IP network

standardization, the architecture of All IP network must

networks In current
be evolved to protect IMT-2000 carrier and legacy
network carrier. Evolution, rather than revolution, from
2G or 3G to All IP means that All IP muitimedia
services may be provided more cost effectively by
packet based multimedia or wireless multimedia over IP,
as opposed to the more expensive ATM revolutionary
abproach. In our study deep header compression within
All TP network is a must for multimedia over IP to
compete effectively with ATM based multimedia. The
investment of header compression will be benefit not
only multimedia over IP, but also voice over IP and IP
over PPP. The compression should be carried out layer
2, in a manner completely transparent to the external
networks. While such compression will also help packet
mode voice, wireless voice over IP in general may not
be economical for licensed various cellular radio
spectrum because the cost of licensing the RF spectrum

is high and the circuit mode air interface is alrcady

efficient. However, the effort to overcome technical
problems must be endless and a more practical
approach is to use circuit voice over the air and

perform voice to IP conversion in the wireless network.
The packet mode multimedia service of All IP network
in the next generation wireless network, betting on
packet data mobility in addition to voice mobility may
be a key element for the wireless industry in fueling
the explosive growth of mobile and Internet subscribers
worldwide.
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