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1 Introduction

This contribution discusses and analyzes in detail some options for implementing GERAN packet-switched call setup, supplementary services, and call release using SIP.  The analysis is based upon the studies in [reference 1], [reference 2], [reference 3].

The contribution is organized as follows.  Section 2 gives a list of acronyms.  Section 3 discusses a spectrally efficient mechanism for implementing SIP call setup, call release, and supplementary services for GERAN packet-switched speech.  Section 4 discusses traffic theory and compares the traffic capacity (in Erlangs) and blocking probability of systems implementing a typical GSM circuit-switched call setup sequence [reference 1] and systems implementing a typical SIP call setup sequence [reference 1].  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

DTAP


Direct Transfer Application Part

EDGE


Enhanced Data Rates for Global Evolution

EGPRS

Enhanced General Packet Radio Service

FACCH

Fast Associated Control Channel

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

MSC


Mobile Switching Center

O



Optional

PACCH

Packet Associated Control Channel

PAGCH

Packet Access Grant Channel

PBCCH

Packet Broadcast Control Channel

PD



Protocol Discriminator

PDCP


Packet Data Convergence Protocol

PDD


Post Dial Delay

PDTCH

Packet Data Traffic Channel

PDU


Packet Data Unit

PRACH

Packet Random Access Channel

PTCCH

Packet Timing Advance Control Channel

RACH


Random Access Channel

RIL3


Radio Interface Layer 3

RR



Radio Resource Management

SACCH

Slow Associated Control Channel

SDCCH

Standalone Dedicated Control Channel

SDP


Session Description Protocol

SIP


Session Initiation Protocol

TCP


Transmission Control Protocol

UDP


User Datagram Protocol

3 Spectrally Efficient Mechanism for Implementing SIP Call Setup, Call Release, and Supplementary Services for GERAN Packet-Switched Speech

This section of the contribution describes a spectrally efficient mechanism that would make it possible to easily implement SIP call setup, call release, and supplementary services for GERAN packet-switched speech calls.  The mechanism works the same way regardless of the contention access channel that is used (viz., RACH, PRACH, or CPRACH).

3.1 New MS Codes for Random Access Channels

In [reference 1], it was shown that the call setup time for a typical SIP call setup sequence was comparable to that for a typical GSM circuit-switched call setup sequence when the SIP request methods and response codes comprising the typical SIP call setup sequence were transmitted/received on a PDTCH using MCS-1 coding:

· SIP call setup time (using MCS-1) ( 4 sec (including network delay)

· GSM circuit-switched call setup time ( 3.58 sec (including network delay)

In order to make this possible, we believe that the use of new MS codes for the RACH, PRACH (8 bit), and PRACH/CPRACH (11 bit) should be considered for both originating a GERAN packet-switched speech call and answering a GERAN packet-switched speech call page.  This would eliminate any additional delays inherent in the current GPRS/EGPRS one-phase or two-phase access procedure while at the same time allowing the GERAN ample time to configure the appropriate logical channel combination to support a GERAN packet-switched speech call.

3.1.1 Random Access Channel (RACH)

The following new 8 bit MS codes on the RACH would need to be defined (see Table E1 in Appendix E for currently defined 8 bit MS codes on the RACH).

AF8 AF7 AF6 AF5 AF4 AF3 AF2 AF1


Originating AMR full-rate packet-switched speech call

(optimized speech bearer)

AH8 AH7 AH6 AH5 AH4 AH3 AH2 AH1

Originating AMR half-rate packet-switched speech call

 (optimized speech bearer)

BF8 BF7 BF6 BF5 BF4 BF3 BF2 BF1


Answer to AMR full-rate packet-switched paging speech

call (optimized speech bearer)

BH8 BH7 BH6 BH5 BH4 BH3 BH2 BH1

Answer to AMR half-rate packet-switched paging speech

call (optimized speech bearer)

where AF8 through AF1, AH8 through AH1, BF8 through BF1, and BH8 through BH1 are TBD.

3.1.2 Packet Random Access Channel (PRACH) (8 Bit)

The following new 8 bit MS codes on the PRACH would need to be defined (see Tables E3 and E4 in Appendix E for currently defined 8 bit MS codes on PRACH).

CF8 CF7 CF6 CF5 CF4 CF3 CF2 CF1


Originating AMR full-rate packet-switched speech call

(optimized speech bearer)

CH8 CH7 CH6 CH5 CH4 CH3 CH2 CH1

Originating AMR half-rate packet-switched speech call

(optimized speech bearer)

DF8 DF7 DF6 DF5 DF4 DF3 DF2 DF1


Answer to AMR full-rate packet-switched paging speech

call (optimized speech bearer)

DH8 DH7 DH6 DH5 DH4 DH3 DH2 DH1

Answer to AMR half-rate packet-switched paging speech

call (optimized speech bearer)

where CF8 through CF1, CH8 through CH1, DF8 through DF1, and DH8 through DH1 are TBD.

3.1.3 Packet Random Access Channel (PRACH) and COMPACT Packet Random Access Channel (CPRACH) (11 Bit)

The following new 11 bit MS codes on the PRACH and CPRACH would need to be defined (see Tables E2 and F5 in Appendix F for currently defined 11 bit MS codes on PRACH and CPRACH).

TS1
EF8 EF7 EF6 EF5 EF4 EF3 EF2 EF1

Originating AMR full-rate packet-switched speech

call (optimized speech bearer)

TS1
EH8 EH7 EH6 EH5 EH4 EH3 EH2 EH1
Originating AMR half-rate packet-switched speech

call (optimized speech bearer)

TS1
FF8 FF7 FF6 FF5 FF4 FF3 FF2 FF1


Answer to AMR full-rate packet-switched paging

speech call (optimized speech bearer)

TS1
FH8 FH7 FH6 FH5 FH4 FH3 FH2 FH1

Answer to AMR half-rate packet-switched paging

speech call (optimized speech bearer)

where EF8 through EF1, EH8 through EH1, FF8 through FF1, and FH8 through FH1 are TBD.

TS2
GF8 GF7 GF6 GF5 GF4 GF3 GF2 GF1

Originating AMR full-rate packet-switched speech

call (optimized speech bearer)

TS2
GH8 GH7 GH6 GH5 GH4 GH3 GH2 GH1
Originating AMR half-rate packet-switched speech

call (optimized speech bearer)

TS2
HF8 HF7 HF6 HF5 HF4 HF3 HF2 HF1

Answer to AMR full-rate packet-switched paging

speech call (optimized speech bearer)

TS2
HH8 HH7 HH6 HH5 HH4 HH3 HH2 HH1
Answer to AMR half-rate packet-switched paging

speech call (optimized speech bearer)

where GF8 through GF1, GH8 through GH1, HF8 through HF1, and HH8 through HH1 are TBD.

3.2 New Logical Channel Combination

In [reference 1], it was shown that the message size of a typical SIP call setup sequence was approximately 13.7 times larger than that for a typical GSM circuit-switched call setup sequence.  It was also shown that if the current GSM logical channel combinations V or VII (which are used to setup a GSM circuit-switched speech call) were used to transmit/receive a typical SIP call setup sequence, then the total time required would be greater than 17.68 sec (which is unacceptable).  To make matters even worse, even if the time for transmission/reception did not happen to be a problem, logical channel combinations V or VII do not support GERAN transparency (something which is recommended for SIP messages).  However, if a PDTCH (using MCS-1) is used to transmit/receive the SIP request methods and response codes comprising a typical SIP call setup sequence, then the total SIP call setup time could be held to a manageable 4 sec (including network delay) (which is comparable to GSM as mentioned earlier in Section 3.1 of this contribution).  The PDTCH would also provide the required GERAN transparency for the transmission/reception of these SIP messages.

Also, in reference [3], it was shown that if a PDTCH with MCS-1 was used to transmit/receive the SIP request methods and response codes comprising supplementary services such as call hold and multiparty call, then the total time required to execute these supplementary services could be held to a manageable 2.34 sec for call hold and 3.52 sec for multiparty call.  The use of a PDTCH would also provide the required GERAN transparency for the transmission/reception of these SIP messages.

Additionally, the PDTCH could be used for the transmission/reception of SIP call release messages, RTCP messages, RSVP refresh messages, and DTMF tones.

Therefore, we believe that the following two new logical channel combinations should be considered for GERAN packet-switched call setup, call release, supplementary services, RTCP messages, RSVP refresh messages, DTMF tones, radio resource management signaling, and speech (viz., optimized speech bearer).

TCH/F + FACCH/F + SACCH/TF + PDTCH/F + PACCH/F +PTCCH

TCH/H + FACCH/H + SACCH/H + PDTCH/H + PACCH/H + PTCCH

where PTCCH only needs to be transmitted/configured every sixteen 26-multiframes.  See Figure 1.
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Figure 1  New logical channel combination for optimized speech bearer.

As we will show in Section 4 of this contribution, surprisingly, for a 4/12 frequency reuse pattern and 15 MHz of bandwidth, systems implementing the GERAN packet-switched call setup procedure using SIP in conjunction with the aforementioned recommended new logical channel combinations (and MCS-1 coding) are actually slightly more spectrally efficient than systems implementing the GSM circuit-switched call setup procedure using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP for average call durations that are > 120 sec.

3.3 IMSI Attach, Primary PDP Context Activation, and SIP REGISTER

After an MS powers on, it typically performs an IMSI attach and primary PDP context activation.  We believe that the MS should also include SIP REGISTER as part of this procedure.  A client uses the REGISTER request method to register the IP address listed in the "To" header field with a SIP proxy server.  A user agent may register with a local server on startup by sending a REGISTER request to the well-known "all SIP servers" multicast address "sip.mcast.net" (224.0.1.75).  Alternatively, the BCCH or CPBCCH could broadcast the IP address of the SIP proxy server.

3.4 New Radio Resource Management Signaling

If a PDTCH is used for the transmission/reception of SIP call setup/call release sequences, the SIP request methods and response codes comprising the SIP call setup/call release sequence will be transparent to the GERAN.  Therefore, some new radio resource management signaling over the Um interface is required between the MS and the GERAN so that the GERAN can effectively allocate/deallocate GERAN packet-switched speech call radio resources.

1. Call setup success: The MS should notify the GERAN that the SIP call setup procedure was successful and also inform the GERAN of its requirements (e.g., RTP port number, UDP port number if the well-known 5060 is not used, etc.).  When the GERAN receives a "success" indication from the MS, the GERAN can assign the appropriate traffic channel (i.e., logical channel combination) to the MS.  Also, eventually, either the MS or the party that the MS called (or vice versa for paging) will disconnect the call.  The MS should notify the GERAN of this disconnection so that the GERAN can free up the traffic channel.

2. Call setup failure: The MS should notify the GERAN that the SIP call setup procedure was unsuccessful.  When the GERAN receives a "failure" indication from the MS, the GERAN can free up the traffic channel that was used to transmit/receive the SIP call setup sequence.

4 Traffic Theory

Traffic flow through a cell site is defined as the product of the number of calls during a specific period of time, N, and the average duration of the call, T.  In traffic theory, the unit of time generally considered is a period of one hour.  Therefore, the number of calls, N, can be expressed in terms of the arrival rate, ( (number of calls per unit time), and the average duration of the call, T, can be expressed in terms of unit time per call.  The traffic intensity, A, (in Erlangs) is given by:
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where ( is in units of "calls per busy hour" and T is in units of "seconds".  For the sake of analysis, the following range of values for the parameters ( and T will be used:

· ( = 50 to 1000 calls per busy hour

· T = 120, 300, 600, 1200 sec

4.1 Traffic Channels Per Sector

For a 4/12 frequency reuse pattern and a bandwidth of 15 MHz, the following number of channels per sector is available:
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4.1.1 GSM Circuit-Switched Traffic Channels Per Sector

For the GSM circuit-switched call setup sequence, let's assume that logical channel combination VII (which requires one timeslot) is used to support the mapping of SDCCHs onto basic physical channels.

VII

SDCCH/8 (0 … 7) + SACCH/8 (0 … 7)

In addition to that, logical channel combination IV (which also requires one timeslot) is required for the beacon carrier.

IV

FCCH + SCH + BCCH + CCCH

Therefore, for a GSM circuit-switched call setup sequence, the number of channels per sector for a 4/12 frequency reuse pattern and a bandwidth of 15 MHz is 48.

4.1.2 GERAN Packet-Switched Traffic Channels Per Sector

For the SIP call setup sequence, let's assume that logical channel combination IV (which requires one timeslot) or XI (which requires one timeslot) are used for either the beacon carrier or the COMPACT CPBCCH carrier.

IV

FCCH + SCH + BCCH + CCCH

XI

PFCCH + PSCH + CPBCCH + CPCCCH + PDTCH + PACCH + PTCCH

Therefore, for a SIP call setup sequence, the number of channels per sector for a 4/12 frequency reuse pattern and a bandwidth of 15 MHz is 49.

4.1.3 Blocking Values

Blocking is the failure of calls due to an insufficient number of channels being available.  For example, a blocking value of 0.02 means that there are 2 calls blocked for every 100 calls attempted.

Tables C1 through C4 in Appendix C give blocking values for the typical GSM circuit-switched call setup sequence discussed in [reference 1].

Tables D1 through D4 in Appendix D give blocking values for the typical SIP call setup sequence discussed in [reference 1].  Note that the SIP request methods and response codes comprising the typical SIP call setup sequence are coded using MCS-1.

Table 1 illustrates a comparison between the blocking values for the typical GSM circuit-switched call setup sequence discussed in [reference 1] and the typical SIP call setup sequence discussed in [reference 1].  The values in Table 1 are taken from Tables C1 through C4 in Appendix C and D1 through D4 in Appendix D.

Blocking 2%

T (average duration of call)* (sec)
( (calls per busy hour)


GSM
SIP (using MCS-1)

120
1150
1140

300
460
465

600
230
234

1200
115
117

*Add 4 sec for SIP call setup sequence using MCS-1.
Table 1  Comparison between blocking values for typical GSM circuit-switched call setup sequence and typical SIP call setup sequence (using MCS-1, no UDP/IPv4 header compression, no tokenization).

Surprisingly, for a 4/12 frequency reuse pattern and 15 MHz of bandwidth, systems implementing the GERAN packet-switched call setup procedure using SIP are actually slightly more spectrally efficient than systems implementing the GSM circuit-switched call setup procedure using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP for average call durations that are > 120 sec.  However, this would most likely be "evened-out" once the additional radio resource management messages that were discussed in Section 3.4 of this contribution for SIP call setup are taken into account.  Also, there will be some extra radio resource management signaling for secondary PDP context activation.

Note that the total time required for the call release procedure was not considered for either the GERAN packet-switched call release procedure using SIP or the GSM circuit-switched call release procedure using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP.  For a typical SIP call release sequence, this value was estimated to be approximately 480 msec (not including network delay) (see Table B2 in Appendix B).  No Layer 3 call trace was available for a typical GSM circuit-switched call release sequence, therefore no estimate for the total time required can be made for this scenario.  If the difference between the total time required for the two call release procedures happens to be significant, this would slightly tilt the spectral efficiency advantage in favor of systems implementing the GSM circuit-switched call setup procedure

Note that the spectrally efficiency of systems implementing the typical SIP call setup sequence could be improved somewhat as follows:

1. Use coding schemes MCS-2 through MCS-9.  See Table 2 below and Table B1 in Appendix B of this contribution.

2. Use UDP/IPv4 header compression on the SIP request methods and response codes comprising the typical SIP call setup sequence (e.g., compress 28 bytes of UDP/IPv4 header down to 2 bytes).  See Table 3 below, Table B5 in Appendix B, and Figures F1 and F2 in Appendix F (where SNDCP/LLC is replaced by PDCP) of this contribution.

3. Finally, if a simple tokenization technique is implemented, the size of the SIP request methods and response codes could be reduced by approximately 12%.  See Table 4 below and Table B6 in Appendix B of this contribution.

Blocking 2%

T (average duration of call)* (sec)
( (calls per busy hour)


GSM
SIP (using MCS-1)
SIP (using MCS-3)
SIP (using MCS-5)

120
1150
1140
1146
1149

300
460
465
466
466

600
230
234
234
234

1200
115
117
117
117

*Add 4 sec for SIP call setup sequence using MCS-1, 3.41 sec for SIP call setup sequence using MCS-3, 3.09 sec for SIP call setup sequence using MCS-5.
Table 2  Comparison between blocking values for typical GSM circuit-switched call setup sequence and typical SIP call setup sequence (using MCS-1, MCS-3, and MCS-5, no UDP/IPv4 header compression, no tokenization).

Blocking 2%

T (average duration of call)* (sec)
( (calls per busy hour)


GSM
SIP (using MCS-1)
SIP (using MCS-3)
SIP (using MCS-5)

120
1150
1142
1147
1149

300
460
465
466
466

600
230
234
234
234

1200
115
117
117
117

*Add 3.85 sec for SIP call setup sequence using MCS-1, 3.33 sec for SIP call setup sequence using MCS-3, 3.05 sec for SIP call setup sequence using MCS-5.
Table 3  Comparison between blocking values for typical GSM circuit-switched call setup sequence and typical SIP call setup sequence (using MCS-1, MCS-3, and MCS-5, UDP/IPv4 header compression, no tokenization).

Blocking 2%

T (average duration of call)* (sec)
( (calls per busy hour)


GSM
SIP (using MCS-1)
SIP (using MCS-3)
SIP (using MCS-5)

120
1150
1143
1148
1150

300
460
465
466
466

600
230
234
234
234

1200
115
117
117
117

*Add 3.69 sec for SIP call setup sequence using MCS-1, 3.21 sec for SIP call setup sequence using MCS-3, 3 sec for SIP call setup sequence using MCS-5.
Table 4  Comparison between blocking values for typical GSM circuit-switched call setup sequence and typical SIP call setup sequence (using MCS-1, MCS-3, and MCS-5, UDP/IPv4 header compression, tokenization).

4.1.3.1 IPv6

Table 5 illustrates the same data as in Table 2, only for IPv6 instead of IPv4.  Note that the results are identical for IPv4 (20 bytes of header) and IPv6 (40 bytes of header).

Blocking 2%

T (average duration of call)* (sec)
( (calls per busy hour)


GSM
SIP (using MCS-1)
SIP (using MCS-3)
SIP (using MCS-5)

120
1150
1140
1146
1149

300
460
465
466
466

600
230
234
234
234

1200
115
117
117
117

*Add 4.07 sec for SIP call setup sequence using MCS-1, 3.43 sec for SIP call setup sequence using MCS-3, 3.11 sec for SIP call setup sequence using MCS-5.
Table 5  Comparison between blocking values for typical GSM circuit-switched call setup sequence and typical SIP call setup sequence (using MCS-1, MCS-3, and MCS-5, no UDP/IPv6 header compression, no tokenization).  See Table B7 in Appendix B.

5 Conclusions and Recommendations

This contribution is being presented for review and discussion.  The following conclusions can be made:

1. For a 4/12 frequency reuse pattern, 15 MHz of bandwidth, and average call durations that are > 120 sec, the spectral efficiency and Post Dial Delay (PDD) of systems implementing the GERAN packet-switched call setup procedure using SIP (and MCS-1 coding with no UDP/IPv4 header compression and no tokenization) is, for all intents and purposes, equivalent to systems using the GSM circuit-switched call setup procedure using RIL3-CC, RIL3-MM, RIL3-RR, and DTAP.  Note that if MCS-5 is used, the spectral efficiency of systems implementing the GERAN packet-switched call setup procedure using SIP with no UDP/IPv4 header compression and no tokenization is equivalent to that for GSM circuit-switched call setup procedure even for average call durations of 120 sec.

· SIP call setup time (using MCS-1) ( 4 sec (including network delay)

· SIP spectral efficiency for 2% blocking: 117 calls per busy hour (1200 sec call duration)

· GSM circuit-switched call setup time ( 3.58 sec (including network delay)

· GSM circuit-switched spectral efficiency for 2% blocking: 115 calls per busy hour (1200 sec call duration)

The results are identical for IPv6.

2. The spectral efficiency of systems implementing the GERAN packet-switched call setup procedure using SIP can be somewhat improved by the techniques discussed in the last paragraph of Section 4.1.3 of this contribution.  The results are identical for IPv4 and IPv6.

3. For the optimized speech bearer, it is both feasible and desirable to use SIP signaling for GERAN packet-switched call setup, call release, and supplementary services if a mechanism similar to that described in Section 3 of this contribution is agreed upon.  Note that the mechanism described in Section 3 of this contribution can also be used for radio access bearers other than the optimized speech bearer (e.g., shared mode speech bearer with/without RTP/UDP/IP header compression).
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APPENDIX A  SIP Message Size Estimation

Message
Length (bytes)

F1
611

F4
192

F6
446

F7
232

Totals
1481

Table A1  Message size for typical SIP call setup sequence (not including UDP/IP headers) [reference 1].

Message
Length (bytes)

F1
235

F4
186

Totals
421

Table A2  Message size for typical SIP call release sequence (not including UDP/IP headers) [reference 2].

Message
Length (bytes)

F1
457

F4
414

F5
246

F7
477

F10
423

F11
246

Totals
2263

Table A3  Message size for typical SIP call hold sequence (not including UDP/IPv4 headers) [reference 3].

Message
Length (bytes)

F1
457

F4
414

F5
246

F7
510

F16
426

F17
253

F19
477

F22
422

F23
246

Totals
3451

Table A4  Message size for typical SIP multiparty call sequence (not including UDP/IP headers) [reference 3].

Appendix B  RLC/MAC Block Size Estimation for MCS-1 Through MCS-9
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RLC/MAC 
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MCS-9

F1

611

649

30

24

18

15

12

9

6

5

5

F4

192

230

11

9

7

6

5

4

3

2

2

F6

446

484

22

17

14

11

9

7

5

4

4

F7

232

270

13

10

8

7

5

4

3

2

2

Total no. of RLC/MAC 

blocks

76

60

47

39

31

24

17

13

13

Total time (msec)

1520

1200

940

780

620

480

340

260

260


Table B1  RLC/MAC block size and total time for typical SIP call setup sequence (see Table A1 in Appendix A and [reference 1]).  No UDP/IPv4 header compression, no tokenization.
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Table B2  RLC/MAC block size and total time for typical SIP call release sequence (see Table A2 in Appendix A and [reference 2]).  No UPD/IPv4 header compression, no tokenization.
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Table B3  RLC/MAC block size and total time for typical SIP call hold sequence (see Table A3 in Appendix A and [reference 3]).  No UDP/IPv4 header compression, no tokenization.
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Table B4  RLC/MAC block size and total time for typical SIP multiparty call sequence (see Table A4 in Appendix A and [reference 3]).  No UDP/IPv4 header compression, no tokenization.
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Table B5  RLC/MAC block size and total time for typical SIP call setup sequence (see Table A1 in Appendix A and [reference 1]).  UDP/IPv4 header compression, no tokenization.
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Table B6  RLC/MAC block size and total time for typical SIP call setup sequence (see Table A1 in Appendix A and [reference 1]).  UDP/IPv4 header compression, tokenization.
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Table B7  RLC/MAC block size and total time for typical SIP call setup sequence (see Table A1 in Appendix A and [reference 1]).  No UDP/IPv6 header compression, no tokenization.

Appendix C  Blocking Values: Typical GSM Circuit-Switched Call Setup

Sequence

CH = 48, T = 120 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
1.67
0.000

75
2.50
0.000

100
3.33
0.000

150
5.00
0.000

200
6.67
0.000

250
8.33
0.000

300
10.00
0.000

350
11.67
0.000

400
13.33
0.000

450
15.00
0.000

500
16.67
0.000

550
18.33
0.000

600
20.00
0.000

650
21.67
0.000

700
23.33
0.000

750
25.00
0.000

800
26.67
0.000

850
28.33
0.000

900
30.00
0.001

950
31.67
0.002

1000
33.33
0.003

1150
38.33
0.020

Table C1  Blocking values for typical GSM circuit-switched call sequence: T = 120 sec.

CH = 48, T = 300 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
4.17
0.000

75
6.25
0.000

100
8.33
0.000

150
12.50
0.000

200
16.67
0.000

250
20.83
0.000

300
25.00
0.000

350
29.17
0.000

400
33.33
0.003

450
37.50
0.016

460
38.33
0.020

500
41.67
0.043

550
45.83
0.083

600
50.00
0.130

650
54.17
0.179

700
58.33
0.226

750
62.50
0.270

800
66.67
0.310

850
70.83
0.347

900
75.00
0.380

950
79.17
0.411

1000
83.33
0.439

Table C2  Blocking values for typical GSM circuit-switched call setup sequence: T = 300 sec.

CH = 48, T = 600 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
8.33
0.000

75
12.50
0.000

100
16.67
0.000

150
25.00
0.000

200
33.33
0.003

230
38.33
0.020

250
41.67
0.043

300
50.00
0.130

350
58.33
0.226

400
66.67
0.310

450
75.00
0.380

500
83.33
0.439

550
91.67
0.487

600
100.00
0.529

650
108.33
0.564

700
116.67
0.594

750
125.00
0.621

800
133.33
0.644

850
141.67
0.655

900
150.00
0.683

950
158.33
0.700

1000
166.67
0.714

Table C3  Blocking values for typical GSM circuit-switched call setup sequence: T = 600 sec.

CH = 48, T = 1200 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
16.67
0.000

75
25.00
0.000

100
33.33
0.003

115
38.33
0.020

150
50.00
0.130

200
66.67
0.310

250
83.33
0.439

300
100.00
0.529

350
116.67
0.594

400
133.33
0.644

450
150.00
0.683

500
166.67
0.714

550
183.33
NA

600
200.00
NA

650
216.67
NA

700
233.33
NA

750
250.00
NA

800
266.67
NA

850
283.33
NA

900
300.00
NA

950
316.67
NA

1000
333.33
NA

Table C4  Blocking values for typical GSM circuit-switched call setup sequence: T = 1200 sec.

Appendix D  Blocking Values: Typical SIP Call Setup/Call Release

Sequence

CH = 49, T = 120 sec + 4 sec for SIP call setup using MCS-1 (includes network delay) = 124 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
1.72
0.000

75
2.58
0.000

100
3.44
0.000

150
5.17
0.000

200
6.89
0.000

250
8.61
0.000

300
10.33
0.000

350
12.06
0.000

400
13.78
0.000

450
15.50
0.000

500
17.22
0.000

550
18.94
0.000

600
20.67
0.000

650
22.39
0.000

700
24.11
0.000

750
25.83
0.000

800
27.56
0.000

850
29.28
0.000

900
31.00
0.001

950
32.72
0.002

1000
34.44
0.004

1140
39.30
0.020

Table D1  Blocking values for typical SIP call setup sequence using MCS-1 (no UDP/IPv4 header compression, no tokenization): T = 120 sec.

CH = 49, T = 300 sec + 4 sec for SIP call setup using MCS-1 (includes network delay) = 304 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
4.22
0.000

75
6.33
0.000

100
8.44
0.000

150
12.67
0.000

200
16.89
0.000

250
21.11
0.000

300
25.33
0.000

350
29.56
0.000

400
33.78
0.003

450
38.00
0.014

465
39.30
0.020

500
42.22
0.039

550
46.44
0.78

600
50.67
0.125

650
54.89
0.173

700
59.11
0.220

750
63.33
0.264

800
67.56
0.305

850
71.78
0.342

900
76.00
0.376

950
80.22
0.406

1000
84.44
0.434

Table D2  Blocking values for typical SIP call setup sequence using MCS-1 (no UDP/IPv4 header compression, no tokenization): T = 300 sec.

CH = 49, T = 600 sec + 4 sec for SIP call setup using MCS-1 (includes network delay) = 604 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
8.39
0.000

75
12.58
0.000

100
16.78
0.000

150
25.17
0.000

200
33.56
0.003

234
39.30
0.020

250
41.94
0.037

300
50.33
0.121

350
58.72
0.216

400
67.11
0.301

450
75.50
0.372

500
83.89
0.431

550
92.28
0.480

600
100.67
0.522

650
109.06
0.588

700
117.44
0.589

750
125.83
0.615

800
134.22
0.639

850
142.61
0.660

900
151.00
0.679

950
159.39
0.695

1000
167.78
0.710

Table D3  Blocking values for typical SIP call setup sequence using MCS-1 (no UDP/IPv4 header compression, no tokenization): T = 600 sec.

CH = 49, T = 1200 sec + 4 sec for SIP call setup using MCS-1 (includes network delay) = 1204 sec

( (calls per busy hour)
A (Erlangs)
Blocking

50
16.72
0.000

75
25.08
0.000

100
33.44
0.002

117
39.30
0.020

150
50.17
0.119

200
66.89
0.299

250
83.61
0.429

300
100.33
0.520

350
117.06
0.587

400
133.78
0.638

450
150.50
0.678

500
167.22
0.709

550
183.94
NA

600
200.67
NA

650
217.39
NA

700
234.11
NA

750
250.83
NA

800
267.56
NA

850
284.28
NA

900
301.00
NA

950
317.72
NA

1000
334.44
NA

Table D4  Blocking values for typical SIP call setup sequence using MCS-1 (no UDP/IPv4 header compression, no tokenization): T = 1200 sec.

Appendix E  RACH, PRACH (8 Bit), PRACH/CPRACH (11 Bit) MS Access

Codes
Table E1: 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 E2: PACKET CHANNEL REQUEST 11 bit message content (ref. GSM 04.60)

< Packet channel request 11 bit message content > ::=


| < One Phase Access Request :






0


< MultislotClass : bit (5) >





















< Priority : bit (2) >





















< RandomBits : bit (3) > >


| < Short Access Request :







100

< NoOfBlocks : bit (3) >





















< Priority : bit (2) >





















< RandomBits : bit (3) > >


| < Two Phase Access Request :






110000
< Priority : bit (2) > 





















< RandomBits : bit (3) > >


| < Page Response :









110001
< RandomBits : bit (5) > >


| < Cell Update :










110010
< RandomBits : bit (5) > >


| < MM Procedure :









110011
< RandomBits : bit (5) > >


| < Single Block Without TBF Establishment :


110100
< RandomBits : bit (5) > > ;

Table E3: PACKET CHANNEL REQUEST 8 bit message content (ref. GSM 04.60)

< Packet channel request 8 bit message content > ::=


< One Phase Access Request :






1


< MultislotClass : bit (5) >





















< RandomBits : bit (2) > >


| < Short Access Request :







00


< NoOfBlocks bit (3) >





















< RandomBits : bit (3) > >


| < Two Phase Access Request :






01000

< RandomBits : bit (3) > >


| < Page Response :









01001

< RandomBits : bit (3) > >


| < Cell Update :










01010

< RandomBits : bit (3) > >


| < MM Procedure :









01011

< RandomBits : bit (3) > >


| < Single Block Without TBF Establishment :


01100

< RandomBits : bit (3) > > ;

Table E4: PACKET CHANNEL REQUEST details (ref. GSM 04.60)

MultislotClass (5 bit field)
This information field indicates the multislot class of the ME. The coding is defined inthe following table. The semantics of this field is defined in GSM 05.02, Annex B.

     bit
5 4 3 2 1
0 0 0 0 0

multislot class 1
0 0 0 0 1

multislot class 2
    :   :


        :      :
1 1 1 0 0

multislot class 29
other


reserved values 

Priority (2 bit field)
This information field indicates the requested Radio Priority. This field is coded as shown inthe following table. The 8 bit format has a default Radio Priority of 4.bit

bit
2 1
0 0

Radio Priority 1 (Highest priority)
0 1

Radio Priority 2
1 0

Radio Priority 3
1 1

Radio Priority 4 (Lower priority)

NumberOfBlocks (3 bit field)
This information field indicates the number of blocks requested during a mobile originated Temporary Block Flow. This field is is coded as shown in the following table:

  bit
3 2 1 
0 0 0

1 RLC data block
0 0 1

2 RLC data blocks
  . . .

1 1 1

8 RLC data blocks

RandomBits (2 bit field or 3 bit field or 5 bit field)
This is an unformatted field.

Table E5: PACKET CHANNEL REQUEST 11 bit message content (ref. GSM 04.60)

Training sequence 
(see GSM 05.02)
bits
11 …...1

Packet Channel Access

TS1
0 mmmmm pp r r r
One Phase Access Request
EGPRS with 8PSK capability in uplink

TS1
1 0 0 n n n pp r r r
Short Access Request
EGPRS with 8PSK capability in uplink

TS1
1 1 0 0 0 0 pp r r r
Two Phase Access Request
EGPRS with 8PSK capability in uplink

TS1
All others
Reserved





TS2
0 mmmmm pp r r r
One Phase Access Request
EGPRS without 8PSK capability in uplink

TS2
1 0 0 n n n pp r r r
Short Access Request
EGPRS without 8PSK capability in uplink

TS2
1 1 0 0 0 0 pp r r r
Two Phase Access Request
EGPRS without 8PSK capability in uplink

TS2
All others
Reserved

Appendix F  PDCP PDU

Table F1: PDCP-No-Header PDU
Bit
8
7
6
5
4
3
2
1

Oct 1
Data segment

...


N


Table F2: PDCP-Data-PDU format
 Bit
8
7
6
5
4
3
2
1

Oct 1
PDU type
PID

...
Data segment

N






































































































































































































































































































































1
13

_1024739722.unknown

_1024740599.unknown

