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1 Introduction

This contribution discusses in detail the differences between the message sizes for a typical GSM circuit-switched call setup sequence and a typical SIP call setup sequence.

The contribution is organized as follows.  Section 2 gives a list of acronyms.  Section 3 discusses a typical GSM circuit-switched call setup sequence.  Section 4 discusses a typical SIP call setup sequence.  Section 5 presents conclusions and recommendations.  Section 6 includes a list of references.  Appendices A through F provide supporting material.

2 List of Acronyms

3GPP


3rd Generation Partnership Program

AGCH


Access Grant Channel

BCCH


Broadcast Control Channel

BSC


Base Station Controller

BTS


Base Transceiver Station

C



Conditional

CC



Call Control

CPAGCH

COMPACT Packet Access Grant Channel

CPBCCH

COMPACT Packet Broadcast Control Channel

CPRACH

COMPACT Packet Random Access Channel

CR



Carriage Return

CRLF


Carriage Return Line Feed

CSCF


Call Server Control Function

DTAP


Direct Transfer Application Part

EDGE


Enhanced Data Rates for Global Evolution

EGPRS

Enhanced General Packet Radio Service

FN



Frame Number

GERAN

GSM/EDGE Radio Access Network

GGSN


Gateway GPRS Support Node

GPRS


General Packet Radio Service

GSM


Global System for Mobile Communications

HTTP


HyperText Transfer Protocol

IE



Information Element

IP



Internet Protocol

LAPD


Link Access Protocol Data

LF



Line Feed

M



Mandatory

MM


Mobility Management

MS


Mobile Station

MSC


Mobile Switching Center

O



Optional

PACCH

Packet Associated Control Channel

PAGCH

Packet Access Grant Channel

PBCCH

Packet Broadcast Control Channel

PD



Protocol Discriminator

PDD


Post Dial Delay

PDTCH

Packet Data Traffic Channel

PRACH

Packet Random Access Channel

RACH


Random Access Channel

RIL3


Radio Interface Layer 3

RR



Radio Resource Management

RSM


Radio Subsystem Management

SDCCH

Standalone Dedicated Control Channel

SDP


Session Description Protocol

SIP


Session Initiation Protocol

SS7


Signaling System 7

TCP


Transmission Control Protocol

UCS


Universal Character Set

UDP


User Datagram Protocol

UTF


UCS Transformation Format

3 Typical GSM Circuit-Switched Call Setup Sequence

GSM uses the SS7 protocols for its signaling.  The SS7 application layer has several sublayers specific to the GSM system.  The Radio Interface Layer 3 (RIL3) Radio Resource Management (RR) protocols establish and release radio connections between an MSC and various BSCs for the duration of a call.  The Radio Subsystem Management (RSM) protocol provides RR functions between the BTS and BSC.  The Direct Transfer Application Part (DTAP) protocols provide RR messages between the MS and MSC.  The distinction between DTAP and BSSMAP is provided by a Distribution protocol below them.

The RIL3 Mobility Management (MM) protocols deal with MS location management and security aspects of the system.  Functions performed under location management include location updating, IMSI attach, and periodic updating.  Some security aspect functions performed are authentication, TMSI reallocation, and identification.  The RIL3 Call Control Management (CC) protocols deal with mobile originating and terminating call establishment, supplementary services, and short messages.  All MM and CC functions reside in the MSC.  Therefore, neither the BSC nor the BTS interprets MM and CC messages.  Before exchanging messages between MM entities of the MS and the MSC, an RR connection needs to be established.

See [reference 1], [reference 2], [reference 3], [reference 4] for detailed information on RIL3-CC, RIL3-MM, RIL3-RR, and DTAP protocols.

Figure A1 in Appendix A illustrates a typical GSM circuit-switched call setup sequence (mobile originated).

3.1 Message Size Estimation

Tables B1 through B14 in Appendix B provide details regarding the RIL3-CC, RIL3-MM, RIL3-RR, and DTAP messages that are used in the typical GSM circuit-switched call setup sequence (mobile originated) that is depicted in Figure A1 in Appendix A.

Using the information provided therein, the message size (in bytes) for the typical GSM circuit-switched call setup sequence can be estimated.  Referring to Table 1 below, the maximum message size when only the Mandatory (M) Information Elements (IE) are considered is 116 bytes.  If the Conditional (C) and Optional (O) IEs are also considered, a worst-case estimate can be made regarding the maximum message size: 116 bytes (M) + 317 + ? bytes (C) + 617 + ? bytes (O) = 1050 + ? bytes.  Granted, this is only an approximation, since not all possible combinations of C and O IEs are valid.  However, for the purposes of this study, the approximation is reasonable.

Message

Length (bytes)



M
C
O

Immediate Assignment
8 + (1 to 9) = {9, 18}
6
3

CM Service Request
7 + (2 to 9) = {9, 18}
0
1

Authentication Request
19
0
14 to 19 = {14, 19}

Authentication Response
6
0
14

Ciphering Mode Command
3
0
0

Ciphering Mode Complete
2
0
3 to 11 = {3, 11}

Setup
4 + (3 to 16) + (3 to 43) = {10, 63}
4
5 + (3 to 16) + (2 to ?) + (2 to 23) + (2 to 23) + (2 to 18) + (2 to 18) + (2 to 5) + (2 to 5) + (3 to 33) + (2 to 3) + (2 to ?) + (2 to ?) = {1, 157 + ?}

Call Proceeding
2
1
5 + (3 to 16) + (3 to 16) + (2 to ?) = {1, 39 + ?}

Assignment Command
6
10 + (4 to 132) + (3 to 12) + (3 to 10) + (4 to 132) + (3 to 10) = {3, 306}
54 + (4 to 8) = {1, 62}

Assignment Complete
3
0
0

Alerting
2
0
4 + (2 to ?) + (3 to 131) = {2, 137 + ?}

Connect
2
0
4 + (2 to ?) + (3 to 14) + (2 to 23) + (3 to 131) = {2, 174 + ?}

Connect Acknowledge
2
0
0

Totals
{75, 116}
{1, 317}
{1, 617 + ?}

Table 1  Message size for typical GSM circuit-switched call establishment.  NOTE: {x, y} = {min., max.}.  NOTE:  M = Mandatory; C = Conditional; O = Optional.

3.2 Layer 3 Trace

Table C1 in Appendix C illustrates a Layer 3 trace for the typical GSM circuit-switched call setup sequence (mobile originated) that is depicted in Figure A1 in Appendix A.

The duration of the typical GSM circuit-switched call setup sequence can be determined by looking at the TDMA frame numbers (FN) that are delineated by the Layer 3 trace as follows:

FN start (channel request):

4,610

FN connect:





5,386

_______________________________

Difference:





   776

Since the duration of one TDMA frame is 4.615 msec, the duration of the entire typical GSM circuit-switched call setup sequence is 4.615 msec/frame ( 776 frames = 3.58 sec (actually, 120/26 msec/frame ( 776 frames).

During a GSM circuit-switched call setup sequence, the majority of the signaling is carried on an SDCCH.  The signaling frame structure comprises a 51-multiframe.  Logical channel combinations V and VII support the mapping of SDCCHs onto basic physical channels as follows:

V

FCCH + SCH + BCCH + CCCH + SDCCH/4 (0…3) + SACCH/C4 (0…3)

VII

SDCCH/8 (0…7) + SACCH/C8 (0…7)

The expression SDCCH/4 + SACCH/C4 means that it is possible to assign up to four SDCCHs with their required SACCHs.  These are referred to as "subchannels".  The position of the SDCCH for corresponding subchannels is at a certain distance from each other: for the uplink, it is 15 frames; for the downlink it is 36 frames.  The intention behind this is to reduce the command response cycle to one multiframe.  If, for example, the base station commands the mobile station to authenticate itself, the response can be sent only 15 frames later.  The same applies for the other direction, with the only difference being that the network has more time allocated for a response.  This is mainly due to the fact that: (1) the distances within the network for the signals are much greater; and (2) sufficient time must be allocated for the network to perform signaling processing/management.  This also applies for logical channel combination VIII (i.e., SDCCH/8 + SACCH/C8).  Note that for both logical channel combinations V and VII, a subchannel is transmitted once per 51-multiframe (i.e., once per 235.38 msec).

Physical blocks of 184 bits (23 bytes) are generated by Layer 1 for SDCCH messages.  The Layer 2 GSM protocol used for signaling transfer between an MS and BTS is LAPDm.  When information (i.e., an I-frame) has to be transferred over an SDCCH, frame format B is used.  Frame format B consists of an Address Field (1 byte), a Control Field (1 byte), a Length Indicator Field (1 byte), and an Information Field (i.e., a Layer 3 CC, MM, or RR message).  Therefore, 23 bytes minus 3 bytes = 20 bytes are available for transferring Layer 3 CC, MM, or RR messages.  If only the Mandatory (M) IEs are considered, nearly all of the Layer 3 CC, MM, and RR messages that are part of the typical GSM circuit-switched call setup sequence that is depicted in Figure A1 in Appendix A can fit into a 4 burst SDCCH (the only exception being the Setup message, see Table B8 in Appendix B).

Using this information, it is possible to estimate how much of the 3.58 sec duration of the entire typical GSM circuit-switched call setup sequence is due to the SDCCH signaling over the Um interface.  Note that, since the Channel Request message (RACH), Immediate Assignment message (AGCH), Assignment Complete message (FACCH), Alerting message (FACCH), Connect message (FACCH), and Connect Acknowledgment message (FACCH), are not transmitted over the SDCCH, the estimation will not include them.  Most of the delay caused by these messages is due to the signaling processing/management that the network must perform.

The minimum amount of time required for the SDCCH signaling over the Um interface is (not including network delay):

MS transmits Connection Management Service Request message

36 ( (120/26) msec = 166.15 msec

Network transmits Authentication Request message

15 ( (120/26) msec = 69.23 msec

MS transmits Authentication Response message

36 ( (120/26) msec = 166.15 msec

Network transmits Ciphering Mode Command message

15 ( (120/26) msec = 69.23 msec

MS transmits Ciphering Mode Complete message

51 ( (120/26) msec = 235.38 msec

MS transmits Setup message (only one 4 burst SDCCH was used for the Layer 3 trace)

36 ( (120/26) msec = 166.15 msec

Network transmits Call Proceeding message

51 ( (120/26) msec = 235. 38 msec

Network transmits Assignment Command message

_________________________________________

TOTAL = 1107.67 sec

This is due strictly to the 15 frame/36 frame SDCCH downlink/uplink frame offset period (i.e., again, not including network delay).  Note that the total amount of time required for SDCCH signaling over the Um interface including network delay can be determined from the Layer 3 trace for the typical GSM circuit-switched call setup sequence illustrated in Table C1 in Appendix C.  Nevertheless, the total budget due to minimum amount of time required for the SDCCH signaling over the Um interface is approximately 1107.67 msec (or 1.11 sec).  This is about 31% of the 3.58 sec duration of the entire typical GSM circuit-switched call setup sequence.

4 Typical SIP Call Setup Sequence

The Session Initiation Protocol (SIP) is a client-server, text-based signaling protocol used for creating and controlling multimedia sessions with two or more participants [reference 5].  SIP can be transported over either TCP or UDP, but the most common implementations use SIP over UDP for simplicity and speed.  SIP commonly employs the Session Description Protocol (SDP) for the specification of system parameters (although this is not a requirement) [reference 6].  SIP messages are encoded using HTTP/1.1 message syntax [reference 7].  The character set is ISO 10646 with UTF-8 encoding [reference 8], [reference 9].  Lines are terminated with CRLF (carriage return, line feed), but receivers should be able to handle CR or LF as well.  SIP defines two basic message types: request and response.  Request messages are used to initiate, confirm, modify, and terminate calls.  Response messages are used to convey either provisional information such as "ringing", or "moved temporarily" response, or final information such as "busy" or "does not exist".  Table 2 lists the SIP request methods.  Table 3 presents a summary of SIP response message categories and their use.

Figure D1 in Appendix D illustrates a typical SIP call setup sequence (no speech codec negotiation).

Request method
Function

INVITE
Initiate a session.

ACK
Confirm the final response to an INVITE.

BYE
Terminate a session.

CANCEL
Cancel searches and "ringing".

OPTIONS
Communicate features supported.

REGISTER
Register a client with a location service.

Table 2  SIP request methods.

Status Code
Category
Example information

1xx
Informational
Trying, ringing, call is being forwarded, queued.

2xx
Success
OK

3xx
Redirection
Move permanently, moved temporarily, etc.

4xx
Client error
Bad request, unauthorized, not found, busy, etc.

5xx
Server error
Server error, not implemented, bad gateway, etc.

6xx
Global failure
Busy everywhere, does not exist anywhere, etc.

Table 3  SIP response codes.

4.1 Message Size Estimation

Appendix E provides details regarding the SIP message content for the typical SIP call setup sequence (no speech codec negotiation) that is depicted in Figure D1 in Appendix D.

Using the information provided therein, the message size (in bytes) for the typical SIP call setup sequence can be estimated.  Referring to Table 4 below, the maximum message size is 1481 bytes.  If a simple tokenization technique is implemented, the message size could be reduced by approximately 12%.  Note that the UDP header adds 8 bytes and the IP header adds 20 bytes.  Therefore, without UDP/IP header compression, a worst-case estimate can be made regarding the maximum message size: 1481 bytes 4 ( (8 bytes + 20 bytes) = 1593 bytes.

Message
Length (bytes)

F1
611

F4
192

F6
446

F7
232

Totals
1481

Table 4  Message size for typical SIP call setup sequence (not including UDP/IP headers).

Referring to Section 3.1 of this contribution, the worst-case estimate maximum message size for the typical GSM circuit-switched call setup sequence that is depicted in Figure A1 in Appendix A is 1050 + ? bytes and occurs when all of the IEs are considered (i.e., M, C, and O).  This is comparable to 1593 bytes.  However, this is not quite realistic.  Therefore, when comparing the two message sizes, a more sensible comparison would be to use only the M IEs, which results in 1593 bytes for SIP and 116 bytes for GSM (i.e., the estimated message size for the typical SIP setup call sequence is approximately14 times larger than that for the typical GSM circuit-switched setup call sequence).

Also, if SIP is used for GERAN packet-switched speech call setup, there will be additional messages associated with CC, MM, and RR (e.g., secondary PDP context activation and/or RSVP messages for QoS, traffic channel assignment messages, radio access bearer request messages, etc.).

4.2 Layer 3 Trace

Currently, we do not have available a Layer 3 trace for the typical SIP call setup sequence (no speech codec negotiation) that is depicted in Figure D1 in Appendix D.  However, all indications point to the fact that the duration of the entire typical SIP call setup sequence should be comparable to the 3.58 sec derived for the typical GSM circuit-switched call setup sequence that is depicted in Figure A1 in Appendix A.

In order to quantify the impact of transmitting SIP request methods and response codes over the Um interface and be able to make an "apples-to-apples" comparison with the typical GSM circuit-switched call setup sequence, let's assume that the SIP request methods and response codes that comprise the typical SIP call setup sequence are transmitted via an SDCCH over the Um interface.  In Section 4.1 of this contribution, it was shown that the message sizes for the typical SIP call setup sequence were approximately 13.7 times larger than those for the typical GSM circuit-switched call setup sequence.  In Section 3.2 of this contribution, it was shown that the minimum amount of time required for the SDCCH signaling over the Um interface for the typical GSM circuit-switched call setup sequence is approximately 1.11 sec (or 31% of the entire 3.58 sec).  Therefore, logically, it could be said that approximately 15.21 sec would be required to transmit the SIP request methods and response codes over the Um interface (1.11 sec ( 13.7 = 15.21 sec).  The total duration of the entire typical SIP call setup sequence would then be approximately 15.21 sec + (69% ( 3.58 sec) = 17.68 sec.

However, this comparison is generally not valid and can only be used for heuristic purposes because neither a SIP request method nor a SIP response can fit in their entirety into a 4 burst SDCCH.  Consequently, the network would not be able to process/manage the SIP signaling information during the 15 frame/36 frame SDCCH downlink/uplink frame offset period that was described in Section 3.2 of this contribution.  The end result is that the total duration of the entire typical SIP call setup sequence would be much greater than 17.68 sec.

It is safe to say that the use of the SDCCH is not appropriate for executing SIP call setup for GERAN packet-switched speech calls.

For the sake of analysis, let's assume that the SIP request methods and response codes for the typical call setup sequence are transmitted/received on a PDTCH using MCS-1.  The total UDP/IP header overhead and SNDCP/LLC header overhead is 38 bytes and consists of the following (see Figures F1 through F2 in Appendix F):

UDP 8 bytes

IP 20 bytes

SNDCP (unacknowledged mode) 4 bytes

LLC (unacknowledged mode) 6 bytes

Referring to Table F1 in Appendix F, the RLC/MAC data block size for MCS-1 is 22 bytes.  As an example, for the SIP request method F1 in Table 4, the total message size with UDP/IP header overhead and SNDCP/LLC header overhead is 611 bytes + 38 bytes = 649 bytes.  Therefore, in order to transmit F1, 30 PDTCHs (i.e., radio blocks) are required.  This will take approximately 30 ( 20 msec = 600 msec (not including network delays).  Performing the same analysis on the remaining SIP request methods and response codes in Table 4, we get an estimate of the total time required to complete the entire typical SIP call setup sequence (not including network delays): ( 1.52 sec (76 radio blocks).  Performing the same analysis as in paragraph 2 of this Section of the contribution, the total duration of the entire typical SIP call setup sequence would then be approximately 1.52 sec + (69% ( 3.58 sec) = 4 sec.

5 Conclusions and Recommendations

This contribution is being presented for review and discussion.

1. One conclusion reached is that the use of the SDCCH is not appropriate for executing SIP call setup for GERAN packet-switched speech calls.  The Post Dial Delay (PDD) would be much greater than 17.68 sec.

2. For the typical GSM circuit-switched call setup sequence that is depicted in Figure A1 in Appendix A, the estimated message size when only the Mandatory (M) Information Elements (IE) are considered is approximately 75 to 116 bytes.

3. For the typical SIP call setup sequence that is depicted in Figure D1 in Appendix D, the estimated message size is 1593 bytes (including UPD/IP headers).  Using a PDTCH with MCS-1, the total time required to complete the entire typical SIP call setup sequence (not including network delays) is ( 1.52 sec (76 radio blocks).  Remember that, for the typical GSM circuit-switched call setup sequence, the minimum amount of time required for the SDCCH signaling over the Um interface was approximately 1107.67 msec (or 1.11 sec).  Therefore, 1.52 sec for the typical SIP call setup sequence compares very favorably to this value.
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APPENDIX A  Typical GSM Circuit-Switched Call Setup Sequence
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Figure A1.  CC, MM, and RR Layer 3 messages for a typical GSM circuit-switched call setup sequence (mobile originated).  NOTE: PD = Protocol Discriminator; CC = Call Control; MM = Mobility Management; RR = Radio Resource Management.

Appendix B  Layer 3 CC, MM, and RR GSM Circuit-Switched Messages
Table B1: CHANNEL REQUEST message content (ref. GSM 04.18)


MS codes
According to Establishment cause:

bits

8 .... 1


101xxxxx
Emergency call


110xxxxx
Call re-establishment; TCH/F was in use, or


TCH/H was in use but the network does not


set NECI bit to 1


011010xx
Call re-establishment; TCH/H was in use and the


network sets NECI bit to 1


011011xx
Call re-establishment; TCH/H + TCH/H was in use


and the network sets NECI bit to 1


100xxxxx
Answer to paging

0010xxxx


0011xxxx
See table 9.9a/GSM 04.18

0001xxxx



111xxxxx
Originating call and TCH/F is needed, or originating call


and the network does not set NECI bit to 1, or


procedures that can be completed with a SDCCH and the


network does not set NECI bit to 1.



note 1


0100xxxx
Originating speech call from dual‑rate mobile station when TCH/H


is sufficient and supported by the MS for speech calls and the network 


sets NECI bit to 1
note 5


0101xxxx
Originating data call from dual‑rate mobile station when TCH/H


is sufficient and supported by the MS for data calls and the network sets 


NECI bit to 1
note 5


000xxxxx
Location updating and the network does not set NECI bit to 1


0000xxxx
Location updating and the network sets NECI bit to 1


0001xxxx
Other procedures which can be completed with
note 1


an SDCCH and the network sets NECI bit to 1


011110xx
One phase packet access with request for single timeslot uplink

01111x0x
transmission; one PDCH is needed.

01111xx0



01110xxx
Single block packet access; one block period on a PDCH is needed for


two phase packet access or other RR signalling purpose.


01100111
LMU establishment
note 2



01100xx0
Reserved for future use

01100x01


01100011

note 2a


01111111
Reserved for future use.
note 2b

NOTE 1:
Examples of these procedures are: IMSI detach, Short Message Service (SMS), Supplementary Service management, Location Services.

NOTE 2:
If such messages are received by a network, an SDCCH shall be allocated.

NOTE 2a:
If such messages are received by a network, an SDCCH may be allocated.

NOTE 2b:
This value shall not be used by the mobile station on RACH. If such message is received by the network, it may be ignored.

Table B2: IMMEDIATE ASSIGNMENT message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


L2 Pseudo Length
L2 Pseudo Length
M
V
 1



10.5.2.19





RR management
Protocol Discriminator
M
V
1/2


Protocol Discriminator
10.2





Skip Indicator
Skip Indicator
M
V
1/2



10.3.1





Immediate Assignment
Message Type
M
V
1


Message Type
10.4





Page Mode
Page Mode
M
V
1/2



10.5.2.26












Dedicated mode or TBF
 Dedicated mode or TBF
M
V
1/2



 10.5.2.25b





Channel Description
Channel Description
C
V
3



10.5.2.5





Packet Channel Description
Packet Channel Description
C
V
3



10.5.2.25a





Request Reference
Request Reference
M
V
3



10.5.2.30





Timing Advance
Timing Advance
M
V
1



10.5.2.40





Mobile Allocation
Mobile Allocation
M
LV
1-9



10.5.2.21




7C
Starting Time
Starting Time
O
TV
3



10.5.2.38





IA Rest Octets
IA Rest Octets
M
V
0-11



10.5.2.16




Table B3: CM SERVICE REQUEST message content (ref. TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Mobility management
Protocol discriminator
M
V
½


protocol discriminator
10.2





Skip Indicator
Skip Indicator
M
V
½



10.3.1





CM Service Request
Message type
M
V
1


message type
10.4





CM service type
CM service type
M
V
½



10.5.3.3





Ciphering key sequence
Ciphering key sequence
M
V
½


number
number






10.5.1.2





Mobile station
Mobile station
M
 LV
4


classmark
classmark 2






10.5.1.6





Mobile identity
Mobile identity
M
 LV
2-9



10.5.1.4




8-
Priority
Priority Level
O
 TV
 1



10.5.1.11




Table B4: AUTHENTICATION REQUEST message content (ref. TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Mobility management
Protocol discriminator
M
V
1/2


protocol discriminator
10.2





Skip Indicator
Skip Indicator
M
V
1/2



10.3.1





Authentication Request
Message type
M
V
1


message type
10.4





Ciphering key sequence
Ciphering key sequence
M
V
1/2


number
number






10.5.1.2





Spare half octet
Spare half octet
M
V
1/2



10.5.1.8





Authentication
Auth. parameter RAND
M
V
 16


parameter RAND (UMTS challenge or GSM challenge)
10.5.3.1




20
Authentication
Auth. parameter AUTN
O
TLV
14-19


Parameter AUTN
10.5.3.1.2




Table B5: AUTHENTICATION RESPONSE message content (ref. TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Mobility management
Protocol discriminator
M
V
1/2


protocol discriminator
10.2





Skip Indicator
Skip Indicator
M
V
1/2



10.3.1





Authentication Response
Message type
M
V
1


message type
10.4





Authentication Response
Auth. Response parameter 
M
V
4


parameter 
10.5.3.2




21
Authenticatio Response
Auth. Response parameter
O
TLV
14


Parameter (extension)
10.5.3.2.1




Table B6: CIPHERING MODE COMMAND message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


RR management
Protocol Discriminator
M
V
1/2


Protocol Discriminator
10.2





Skip Indicator
Skip Indicator
M
V
1/2



10.3.1





Cipher Mode Command
Message Type
M
V
1


Message Type
10.4





Ciphering Mode Setting
Cipher Mode Setting
M
V
1/2



10.5.2.9





Cipher Response
Cipher Response
M
V
1/2



10.5.2.10




Table B7: CIPHERING MODE COMPLETE message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


RR management
Protocol Discriminator
M
V
1/2


Protocol Discriminator
10.2





Skip Indicator
Skip Indicator
M
V
1/2



10.3.1





Cipher Mode Complete
Message Type
M
V
1


Message Type
10.4




17
Mobile Equipment
Mobile Identity
O
TLV
 3-11


Identity
10.5.1.4




Table B8: SETUP message content (mobile station to network direction) (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
Length


Call control
Protocol discriminator
 M
 V
 1/2


protocol discriminator
10.2





Transaction identifier
Transaction identifier
 M
 V
 1/2



10.3.2





Setup
Message type
 M
 V
1


message type
10.4




D-
BC repeat indicator
Repeat indicator
 C
TV
1



10.5.4.22




04
Bearer capability 1
Bearer capability
 M
 TLV
 3-16



10.5.4.5




04
Bearer capability 2
Bearer capability
 O
 TLV
 3-16



10.5.4.5




1C
Facility(simple recall alignment)
Facility
 O
 TLV
 2-

 

10.5.4.15




5D
Calling party sub-
Calling party subaddr.
 O
 TLV
 2-23


address
10.5.4.10




5E
Called party BCD
Called party BCD num.
 M
 TLV
 3-43


number
10.5.4.7




6D
Called party sub-
Called party subaddr.
 O
 TLV
 2-23


address
10.5.4.8




D-
LLC repeat indicator
Repeat indicator
 O
TV
1



10.5.4.22




7C
Low layer
Low layer comp.
 O
 TLV
 2-18


compatibility I
10.5.4.18




7C
Low layer
Low layer comp.
 O
 TLV
 2-18


compatibility II
10.5.4.18




D-
HLC repeat indicator
Repeat indicator
 O
TV
1



10.5.4.22




7D
High layer
High layer comp.
 O
 TLV
 2-5


compatibility i
10.5.4.16




7D
High layer
High layer comp.
 O
 TLV
 2-5


compatibility ii
10.5.4.16




7E
User-user
User-user
 O
 TLV
 3-35



10.5.4.25




7F
SS version
SS version indicator
 O
 TLV
 2-3



10.5.4.24




A1
CLIR suppression
CLIR suppression
 C
 T
1



10.5.4.11a




A2
CLIR invocation
CLIR invocation
 C
 T
1



10.5.4.11b




15
CC capabilities
Call Control Capabilities
 O
 TLV
3



10.5.4.5a




1D
Facility $(CCBS)$
Facility
 O
 TLV
 2-?


(advanced recall alignment)
10.5.4.15


 

1B
Facility (recall alignment
Facility
 O
 TLV
 2-?


Not essential) $(CCBS)$
10.5.4.15




Table B9: CALL PROCEEDING message content (ref. TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Call control
Protocol discriminator
 M
 V
 1/2


protocol discriminator
10.2





Transaction identifier
Transaction identifier
 M
 V
 1/2



10.3.2





Call proceeding
Message type
 M
 V
1


message type
10.4




D-
Repeat Indicator
Repeat Indicator
 C
TV
1



10.5.4.22




04
Bearer capability 1
Bearer capability
 O
 TLV
 3-16



10.5.4.5




04
Bearer capability 2
Bearer capability
 O
 TLV
 3-16



10.5.4.5




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




1E
Progress indicator
Progress indicator
 O
 TLV
4



10.5.4.21




8-
Priority granted
Priority Level
 O
 TV
1



10.5.1.11




Table B10: ASSIGNMENT COMMAND message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


RR management
Protocol Discriminator
    M
  V
  ½


Protocol Discriminator
        10.2





Skip Indicator
Skip Indicator
    M
  V
  ½



        10.3.1





Assignment command
Message Type
    M
  V
    1


Message Type
        10.4





Description of the
Channel Description 2
    M
  V
    3


First Channel, after time
        10.5.2.5a





Power Command
Power Command
    M
  V
    1



        10.5.2.28




05
Frequency List, after time
Frequency List
    C
  TLV
 4-132



        10.5.2.13




62
Cell Channel 
Cell Channel Description
    O
  TV
    17


Description
        10.5.2.1b




10
Description of the 
Multislot Allocation
    C
  TLV
 3-12


multislot configuration
        10.5.2.21b




63
Mode of the First
Channel Mode
    O
  TV
     2


Channel (Channel Set 1)
        10.5.2.6




11
Mode of Channel Set 2
Channel Mode
    O
  TV
     2



        10.5.2.6




13
Mode of Channel Set 3
Channel Mode
    O
  TV
     2



        10.5.2.6




14
Mode of Channel Set 4
Channel Mode
    O
  TV
     2



        10.5.2.6




15
Mode of Channel Set 5
Channel Mode
    O
  TV
     2



        10.5.2.6




16
Mode of Channel Set 6
Channel Mode
    O
  TV
     2



        10.5.2.6




17
Mode of Channel Set 7
Channel Mode
    O
  TV
     2



        10.5.2.6




18
Mode of Channel Set 8
Channel Mode
    O
  TV
     2



        10.5.2.6




64
Description of the
Channel Description
    O
  TV
     4


Second Channel, after time
        10.5.2.5




66
Mode of the Second 
Channel Mode 2
    O
  TV
     2


Channel
        10.5.2.7




72
Mobile Allocation,
Mobile Allocation
    C
  TLV
  3-10


after time
        10.5.2.21




7C
Starting Time
Starting Time
    O
  TV
     3



        10.5.2.38




19
Frequency List, before time
Frequency List
    C
  TLV
 4-132



        10.5.2.13




1C
Description of the
Channel Description 2
    O
  TV
     4


First Channel, before time
        10.5.2.5a




1D
Description of the
Channel Description
    O
  TV
     4


Second Channel, before time
        10.5.2.5




1E
Frequency channel sequence
Frequency channel sequence
    C
  TV
    10


before time
        10.5.2.12




21
Mobile Allocation,
Mobile Allocation
    C
  TLV
  3-10


before time
        10.5.2.21




9-
Cipher Mode Setting
Cipher Mode Setting
    O
  TV
     1



        10.5.2.9




01
VGCS target mode Indication
VGCS target mode Indication
    O
  TLV
     3



        10.5.2.42a




03
Multi-Rate 
MultiRate configuration
    O
  TLV
     4-8


configuration
        10.5.2.21aa




Table B11: ASSIGNMENT COMPLETE message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


RR management
Protocol Discriminator
    M
  V
  1/2


Protocol Discriminator
        10.2





Skip Indicator
Skip Indicator
    M
  V
  1/2



        10.3.1





Assignment Complete
Message Type
    M
  V
    1


Message Type
        10.4





RR Cause
RR Cause
    M
  V
    1



        10.5.2.31




Table B12: ALERTING message content (network to mobile station direction) (TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Call control
Protocol discriminator
 M
 V
 1/2


protocol discriminator
10.2





Transaction identifier
Transaction identifier
 M
 V
 1/2



10.3.2





Alerting
Message type
 M
 V
1


message type
10.4




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




1E
Progress indicator
Progress indicator
 O
 TLV
4



10.5.4.21




7E
User-user
User-user
 O
 TLV
 3-131



 10.5.4.25




Table B13: CONNECT message content(network to mobile station direction) (TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Call control
Protocol discriminator
 M
 V
 1/2


protocol discriminator
10.2





Transaction identifier
Transaction identifier
 M
 V
 1/2



10.3.2





Connect
Message type
 M
 V
1


message type
10.4




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




1E
Progress indicator
Progress indicator
 O
 TLV
4



10.5.4.21




4C
Connected number
Connected number
 O
 TLV
 3-14



10.5.4.13




4D
Connected subaddress
Connected subaddress
 O
 TLV
 2-23



10.5.4.14




7E
User-user
User-user
 O
 TLV
 3-131



10.5.4.25




Table B14: CONNECT ACKNOWLEDGE message content (ref. TS 24.008)

IEI
Information element
Type / Reference
Presence
Format
Length


Call control
Protocol discriminator
 M
 V
 1/2


protocol discriminator
10.2





Transaction identifier
Transaction identifier
 M
 V
 1/2



10.3.2





Connect acknowledge
Message type
 M
 V
1


message type
10.4




Appendix C  Layer 3 Trace for Typical GSM Circuit-Switched Call Setup Sequence

Table C1 illustrates a Layer 3 trace for the typical GSM circuit-switched call setup sequence (mobile originated) that is depicted in Figure A1 of Appendix A.  The typical GSM circuit-switched call setup sequence was performed in a network simulated by a test system described in [reference 10].

The Layer 3 trace includes the following information: frame numbers (FN), time stamps, direction of transmission (uplink - ul, downlink = dl), the logical channel (RACH/AGCH/SDCCH/FACCH), time slot number, TI (Transaction Identifier), PD (Protocol Discriminator), as well as MTs (Message Types), IE names (Information Element), and their contents.  The T1, T2, and T3 counters appear as T1:T2:T3 (T2 counts from 0 to 25 and T3 counts from 0 to 50).

The Layer trace used an SDCCH/8 signaling channel.  The duration of the typical GSM circuit-switched call setup sequence can be determined by looking at the TDMA frame numbers (FN) that are delineated by the Layer 3 trace as follows:

FN start (channel request):

4,610

FN connect:





5,386

_______________________________

Difference:





   776

Since the duration of one TDMA frame is 4.615 msec, the duration of the entire typical GSM circuit-switched call setup sequence is 4.615 msec/frame ( 776 frames = 3.58 sec.

MS transmits (uplink)
BS transmits (downlink)

FN:0004610: Umul1 ,rach, TS(0), TI(0),pd(rr),

0003:08:20 chan_req,

chan_req(= 7h,0Ah);



FN:0004622: Umdl1 ,agch, TS(0), TI(0),pd(rr),

0003:20:32 imm_ass,

pag_mod(= 0h),

chan_desc(= 8h,3h,0h,0i,0h,02h),

req_ref(= EAh,03h,14h,08h),

tim_adv(= 00h),

mob_alloc(= );

FN:0004656: Umul1 ,sdcch(O), TS(3),TI(0),pd(mm),

0003.02:15 cm_serv_req,

cm_serv(= 1h),

ciph_key_seq(= 0h),

mob_class2(= 0h,0h,2h,0i,0h),

mob_id(= 4h,0i,12345678h);



FN:0004743: Umdl1 ,sdcch(0), TS(3), TI(0),pd(mm),

0003:11 :00 auth_req,

ciph_key_seq(= 0h),

rand(= 0123456789ABCDEF

0123456789ABCDEFh);

FN:0004809: Umul1 ,sdcch(O), TS(3),TI(0),pd(mm),

0003:25:15 auth_res,

sres(= 90DFD9F0h);



FN:0004845: Umdl1 ,sdcch(0), TS(3), TI(0),pd(rr),

0003:09:00 ciph_mode_cmd,

ciph_mode_set(= 0i);

FN:0004911: Umul1,sdcch(0), TS(3), TI(0),pd(rr),

0003:23:15 ciph_mode_com;


FN:0004962: Umul1,sdcch(0), TS(3), TI(0),pd(cc),

0003:22: 15 setup,

bear_cap(= 1i,1h,0i,0i,0h),

cd_p_bcd(= 0h,1h,089996410h);



FN:0004998: Umdl1 ,sdcch(0), TS(3), TI(8),pd(cc),

0003:06:00 call_proc;


FN:0005100: Umdl1 ,sdcch(0), TS(3), TI(0),pd(rr),

0003:04:00 assign_cmd,

chan_desc(=01h,4h,0h,1i,00h,00h),

pow_cmd(= 0Fh),

FN:0005304: Umul1,facch, TS(4), TI(0),pd(rr),

0004.00:00 assign_com,

rr_cause(= 00h);



FN:0005334. Umdl1,facch, TS(4), TI(8),pd(cc),

0004:04:30 alert;


FN:0005369: Umdl1,facch, TS(4), TI(8),pd(cc),

0004:13:14 conn;

FN:0005386: Umul1,facch, TS(4), TI(0),pd(cc),

0004:04:31 conn_ack;


Table C1  Layer 3 trace for typical GSM circuit switched call setup sequence (mobile originated) that is depicted in Figure A1 in Appendix A.

Appendix D  Typical SIP Call Setup Sequence
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Figure D1.  SIP request methods and response codes for a typical SIP call setup sequence (no speech codec negotiation).

Appendix E  SIP Request Methods and Response Codes

The SIP message content for the typical SIP call setup sequence (no speech codec negotiation) that is depicted in Figure D1 in Appendix D is shown below.  The SIP request methods and response codes that are marked in gray are used to estimate the message size (in bytes) over the Um interface from/to User A.

· F1

INVITE sip:UserB@ss1.wcom.com SIP/2.0

Via: SIP/2.0/UDP here.com:5060

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Contact: BigGuy <sip:UserA@here.com>

Proxy-Authorization: DIGEST username="UserA", realm="MCI WorldCom

SIP", nonce="b0b0da2c5ac51bb59a05j1c31cf832b40", opaque="",

uri="sip:ss1.wcom.com", response="006b4853fd66774e6c5599867c72cb59"

Content-Type: application/sdp

Content-Length: ...
v=0

o=UserA 2890844526 2890844526 IN IP4 client.here.com

s=Session SDP

c=IN IP4 100.101.102.103

t=3034423619 0

m=audio 49170/AVP 98

a=rtpmap:98 amr

· F2

INVITE sip:UserB@there.com SIP/2.0

Via: SIP/2.0/UDP ss1.wcom.com:5060

Via: SIP/2.0/UDP here.com:5060

Record-Route: <sip:ss1.wcom.com>

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Contact: BigGuy <sip:UserA@here.com>

Content-Type: application/sdp

Content-Length: ...

v=0

o=UserA 2890844526 2890844526 IN IP4 client.here.com

s=Session SDP

c=IN IP4 100.101.102.103

t=3034423619 0

m=audio 49170/AVP 98

a=rtpmap:98 amr

· F3

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP ss1.wcom.com:5060

Via: SIP/2.0/UDP here.com:5060

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Content Length:0
· F4

SIP/2.0 180 Ringing

Via: SIP/2.0/UDP here.com:5060

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Content Length: 0
· F5

SIP/2.0 200 OK

Via: SIP/2.0/UDP ss1.wcom.com:5060

Via: SIP/2.0/UDP here.com:5060

Record-Route: <sip:ss1.wcom.com>

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Contact: LittleGuy <sip:UserB@there.com>

Content-Type: application/sdp

Content-Length: ...

v=0

o=UserB 2890844527 2890844527 IN IP4 client.there.com

s=Session SDP

c=IN IP4 110.111.112.113

t=3034423619 0

m=audio 3456 RTP/AVP 98

a=rtpmap:98 amr

· F6

SIP/2.0 200 OK

Via: SIP/2.0/UDP here.com:5060

Record-Route: <sip:ss1.wcom.com>

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 INVITE

Contact: LittleGuy <sip:UserB@there.com>

Content-Type: application/sdp

Content-Length: ...

v=0

o=UserB 2890844527 2890844527 IN IP4 client.there.com

s=Session SDP

c=IN IP4 110.111.112.113

t=3034423619 0

m=audio 3456 RTP/AVP 98

a=rtpmap:98 amr
· F7

ACK sip:UserB@ss1.wcom.com SIP/2.0

Via: SIP/2.0/UDP here.com:5060

Route: <sip:UserB@there.com>

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 ACK

Content-Length:0
· F8

ACK sip: UserB@there.com SIP/2.0

Via: SIP/2.0/UDP ss1.wcom.com:5060

Via: SIP/2.0/UDP here.com:5060

From: BigGuy <sip:UserA@here.com>

To: LittleGuy <sip:UserB@there.com>;tag=314159

Call-ID: 12345601@here.com

CSeq: 1 ACK

Content-Length:0

Appendix F  EGPRS SNDCP, LLC, and RLC/MAC Layers
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Figure F1  SNDCP Unitdata PDU (unacknowledged mode) [ref. GSM 04.65].
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Figure F2  LLC frame (unacknowledged mode) [ref. GSM 04.64].

Table F1: EGPRS RLC data unit size (ref. GSM 04.60)

Channel Coding Scheme
RLC data unit size 
Family


(octets)


MCS-1
22
C

MCS-2
28
B

MCS-3
37
A

MCS-4
44
C

MCS-5
56
B

MCS-6
74
A

MCS-7
2x56
B

MCS-8
2x68
A

MCS-9
2x74
A
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