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1 Introduction

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

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

2 List of Acronyms

3GPP


3rd Generation Partnership Program

DTAP


Direct Transfer Application Part

EDGE


Enhanced Data Rates for Global Evolution

EGPRS

Enhanced General Packet Radio Service

GERAN

GSM/EDGE Radio Access Network

GPRS


General Packet Radio Service

GSM


Global System for Mobile Communications

IE



Information Element

IP



Internet Protocol

M



Mandatory

MM


Mobility Management

MS


Mobile Station

O



Optional

PD



Protocol Discriminator

PDTCH

Packet Data Traffic Channel

RIL3


Radio Interface Layer 3

RR



Radio Resource Management

SDP


Session Description Protocol

SIP


Session Initiation Protocol

TCP


Transmission Control Protocol

UDP


User Datagram Protocol

3 Typical GSM Circuit-Switched Call Release Sequence

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

3.1 Message Size Estimation

Tables B1 through B4 in Appendix B provide details regarding the RIL3-CC, RIL-RR, and DTAP messages that are used in the typical GSM circuit-switched call release sequence 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 hold sequence can be estimated.  Referring to Table 1 below, the maximum message size when only the Mandatory (M) Information Elements (IE) are considered is 40 bytes.  If the Conditional (C) and Optional (O) IEs are also considered, a worst-case estimate can be made regarding the maximum message size: 40 bytes (M) + 1 byte (C) + 558 + ? bytes (O) = 599 + ? 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

Disconnect
2 + (3 to 31) = {5, 33}
0
(3 to 31) + (2 to ?) + (3 to 131) + (2 to 3) = {2, 167 + ?}

Release
2
0
(4 to 32) + (4 to 32) + (2 to ?) + (3 to 131) = {2, 197 + ?}

Release Complete
2
0
(4 to 32) + (2 to ?) + (3 to 131) + (2 to 3) = {2, 168 + ?}

Channel Release
3
1
1 + (6 to ?) + (4 to 13) + (3 to ?) + (3 to ?) = {1, 26 + ?}

Totals
{12, 40}
1
{1, 558 + ?}

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

4 Typical SIP Call Release Sequence

Figure C1 in Appendix C illustrates a typical SIP call release sequence.

4.1 Message Size Estimation

Appendix D provides details regarding the SIP message content for the typical SIP call release sequence that is depicted in Figure C1 in Appendix C.

Using the information provided therein, the message size (in bytes) for the typical SIP call release sequence can be estimated.  Referring to Table 2 below, the maximum message size is 421 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 to each SIP request method and response code.  Therefore, without UDP/IP header compression, a worst-case estimate can be made regarding the maximum message size: 421 bytes + 2 ( (8 bytes + 20 bytes) = 477 bytes.

Message
Length (bytes)

F1
235

F4
186

Totals
421

Table 2  Message size for typical SIP call release sequence (not including UDP/IP headers).

Referring to Section 3.1 of this contribution, the message size when only the Mandatory (M) Information Elements (IE) are considered for the typical GSM circuit-switched call release sequence that is depicted in Figure A1 in Appendix A is approximately 12 to 40 bytes.

For the sake of analysis, let's assume that the SIP request methods and response codes for the typical call release 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 E1 through E2 in Appendix E):

UDP 8 bytes

IP 20 bytes

SNDCP (unacknowledged mode) 4 bytes

LLC (unacknowledged mode) 6 bytes

Referring to Table E1 in Appendix E, the RLC/MAC data block size for MCS-1 is 22 bytes.  As an example, for the SIP request method F1 in Table 2, the total message size with UDP/IP header overhead and SNDCP/LLC header overhead is 235 bytes + 38 bytes = 273 bytes.  Therefore, in order to transmit F1, 13 PDTCHs (i.e., radio blocks) are required.  This will take approximately 13 ( 20 msec = 260 msec (not including network delays).  Performing the same analysis on the remaining SIP request methods and response codes in Table 2, we get an estimate of the total time required to complete the entire typical SIP call hold sequence (not including network delays): ( 480 msec (24 radio blocks).

5 Conclusions and Recommendations

This contribution is being presented for review and discussion.  Using the call release examples that were discussed in this contribution, several conclusions can be made.

1. For the typical GSM circuit-switched call hold 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 12 to 40 bytes. 

2. For the typical SIP call hold sequence that is depicted in Figure C1 in Appendix C, the estimated message size is 421 bytes (not including UDP/IP headers).  Using a PDTCH with MCS-1, the total time required to complete the entire typical SIP call hold sequence (not including network delays) is ( 480 msec (24 radio blocks). 
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APPENDIX A  Typical GSM Circuit-Switched Call Release Sequence
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Figure A1  CC, RR, and DTAP Layer 3 messages for a typical GSM circuit-switched call release sequence (mobile originated).  NOTE: PD = Protocol Discriminator; CC = Call Control; RR = Radio Resource Management.

Appendix B  Layer 3 CC, RR, and DTAP GSM Circuit-Switched Messages:

Call Release
Table B1: DISCONNECT message content (mobile station to network direction) (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





Disconnect
Message type
 M
 V
1


message type
10.4





Cause
Cause
 M
LV
 3-31



10.5.4.11




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




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



10.5.4.25




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



10.5.4.24




Table B2: RELEASE message content (network to mobile station direction) (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





Release
Message type
 M
 V
1


message type
10.4




08
Cause
Cause
 O
 TLV
 4-32



10.5.4.11




08
Second cause
Cause
 O
 TLV
 4-32



10.5.4.11




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




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



10.5.4.25




NOTE:
This message has local significance; however, it may carry information of global significance when used as the first call clearing message.

Table B3: RELEASE COMPLETE message content (mobile station to network direction) (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





Release complete
Message type
 M
 V
1


message type
10.4




08
Cause
Cause
 O
 TLV
 4-32



10.5.4.11




1C
Facility
Facility
 O
 TLV
 2-?



10.5.4.15




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



10.5.4.25




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



10.5.4.24




NOTE:
This message has local significance; however, it may carry information of global significance when used as the first call clearing message.

Table B4: CHANNEL RELEASE message content (ref. GSM 04.18)

IEI
Information element
Type / Reference
Presence
Format
length


RR management
Protocol Discriminator
Protocol Discriminator
10.2
M
V
1/2


Skip Indicator
Skip Indicator
10.3.1
M
V
1/2


Channel Release
Message Type
Message Type
10.4
M
V
1


RR Cause
RR Cause
10.5.2.31
M
V
1

73
BA Range
BA Range
10.5.2.1a
O
TLV
6 - ?

74
Group Channel Description
Group Channel Description
10.5.2.14b
O
TLV
4-13

8x
Group Cipher Key Number
Group Cipher Key Number
10.5.1.10
C
TV
1

Cx
GPRS Resumption
GPRS Resumption
10.5.2.14c
O
TV
1

75
BA List Pref
BA List Pref
10.5.2.1c
O
TLV
3-?

76
UMTS Freq List
UMTS Freq List
10.5.2.1d
O
TLV
3-?

Appendix C  Typical SIP Call Release Sequence
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Figure C1  SIP request methods and response codes for a typical SIP call release sequence.

Appendix D  SIP Request Methods and Response Codes: Call Hold

The SIP message content for the typical SIP call release sequence that is depicted in Figure C1 in Appendix C 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

BYE 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=7654321

Call-ID: 12345600@here.com

CSeq: 2 BYE

Content-Length: 0
· F2

BYE 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=7654321

Call-ID: 12345600@here.com

CSeq: 2 BYE

Content-Length: 0

· F3

SIP/2.0 200 OK

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=7654321

Call-ID: 12345600@here.com

CSeq: 2 BYE

Content-Length: 0

· F4

SIP/2.0 200 OK

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

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

To: LittleGuy <sip:UserB@there.com>;tag=7654321

Call-ID: 12345600@here.com

CSeq:  2 BYE

Content-Length: 0
Appendix E  EGPRS SNDCP, LLC, and RLC/MAC Layers
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Figure E1  SNDCP Unitdata PDU (unacknowledged mode) [ref. GSM 04.65].
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Figure E2  LLC frame (unacknowledged mode) [ref. GSM 04.64].

Table E1: 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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