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This application note describes the necessary stegpsonfigurations for connectivity between arc&on (Aastra) MD110 (MX-One)
Version 3.2 SP1 and a Cisco Unified Communicatidasager (CUCM) 7.0 using CUBE 1.2 with SIP trunks.

The network topology diagram (Figures 1) showstéisé setup for end-to-end interoperability betw€éto Unified Communications
Manager Release 7.0 connected to the Aastra MX{Briesson MD110) PBX via Cisco UBE 1.2 using Slihits. A gigabit Ethernet
port is used as the SIP trunking interface. Feattested are basic call, 3-way (ad-hoc) conferaradktransfer (attended and
unattended), call forward (all, busy and no answes)d/resume, and DTMF internetworking.

During testing, a Cisco 3825 voice gateway was tsedn the CUBE features set, however other Cisice gateways can be used and
the decision to choose what Cisco gateway mode$éas left to the customer. The customer shoutdsé a Cisco IOS gateway model
based on the capabilities and the capacity thabwitequired based on the planned network deployritere is a list of Cisco 10S
products capable of running CUBE.

Cisco 2800 Series Integrated Services Routers
Cisco 3800 Series Integrated Services Routers
Cisco 7200VXR Routers

Cisco 7301 Routers

Cisco AS5350XM Universal Gateway

Cisco AS5400XM Universal Gateway
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Cisco
Catalyst Cisco Unified
Ericsson MD 110 MX-One 3560 PoE- Communications Manager
Version 3.2 48 Ethernet Release 7.0
Switch

+ =

Ny — o

SIP Trunk
SIP Trunk SIP Trunk :
CUBE 1.2
PhoreB ~_ ™ i Tl s -
%1252 Dial-64 XXX Phone C1 Phone D1 Phone C2 Phone D2

x4001 %4002 %4003 x4004

Cisco 7960 SCCP phones Cisco 7971 SIP phones
Dial Plans

- 51XX

Figure 1.  Basic Call Setup
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Voice calls including supplementary services casumessfully established between phones contrbile¢tie Ericsson and IP phones
controlled by the Cisco Unified Communications Mager

Connected name and connected number cannot benfg@skiring a call. As of the tested software tlastia MX-ONE PBX does not
support P-asserted-Id (PAI) nor Remote-party-IdIIRFSIP headers.

During external call transfer, name and number tgsdare not supported. PAI and RPID are not supgam Aastra PBX, as of the
tested software.

The Aastra PBX does not support external call fodaanconditional (Follow-me across SIP trunk).

A call forward busy or no answer, initiated fromager on the Aastra PBX, includes a History-info B&der “without” a cause code.
The omission of the cause code from the Historg-mdader prevents CUBE from converting the Histofg-header to a Diversion SIP
header. Due to this caveat centralized voice mggigration, using Cisco Unity, Unity Connectionurity Express, is not possible.
Cisco’s UM platforms require the SIP Diversion hesafibr correct functionality.

DTMF interwork limitation: CUBE translates SIP INR@® RFC2833, but cannot translate RFC2833 to SFFONSince the Aastra PBX
supports SIP INFO and does not support RFC2833, Birterworking will not work when a CUCM IP phonsar attempts to send
DTMF towards the Aastra PBX.

When a user on the CUCM side invokes call holduiesar€CUCM sends a Re-INVITE with Audio-attribute &ictive” to stop RTP media
from flowing. When the call resumes, CUCM sends $3B Re-INVITE and requires a 2000K response BIiP fresh offer listing
capable codecs with attribute equal to sendrecstrA@BX does not support the SDP’less Re-INVIT# @aturns a 200K message
with Audio-attribute remaining in “inactive” stat€he workaround for this limitation is to alter tAedio-attribute which is possible
with CUBE using SIP profiles. The intial INVITE sefirom CUCM, when the IP phone user places thearatiold, is modified by
CUBE at the SDP level so that the “attribute” vakiehanged from “inactive” to “sendrecv, before tNVITE is forwarded to the
Aastra PBX. Using this workaround, when call is RIBED, voice is established both ways. See configomasection for details.

Applying the SIP profiles recommended above to esislthe limitation of SDP’less Re-INVITE during nudll features causes a corner
case failure during a three-way conference thitisated by a Aastra side phone user. The thrag-eonference call is successful but
is not able to sustain when the conference initidtops. One of the SIP profiles needed for Moktok during a hold is to translate
the Audio attribute in response 200 OK from “sergldto “sendrecv”. This SIP profile cli should bemoved if it is required for the
remaining parties of a terminated three-way comiggeo remain connected, but be aware that CUCM Milho longer work.
(Scenario: Aastra PBX being the conferencing leadttr the other two CUCM conferencing members drahtconferencing leader
dropping out.). With this SIP profile, voice is @&slished only one way. See configuration sectiordégails.
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Hardware Components

Cisco MCS 7800 Unified Communications Manager Agptie
Cisco 3825 voice gateway

2 Cisco Unified IP phone 7960 configured as SCCéhph

2 Cisco Unified IP phone 7970 configured as SIPngiso
Aastra MX-One (Ericsson MD110) PBX

Software Requirements

The following software is required:
Cisco Unified Communications Manager Release 7.0
Cisco IOS Release 12.4(22)T
Ericsson MD100 MX-One Version 3.2 (See configunatsection for details)
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This section lists supported and unsupported featur
Features Supported
Basic calls
CLIP-Calling line (Number) identification preseritat
CLIR-Calling line (Number) identification restriotn
CNIP-Calling name identification presentation
CNIR-Calling name identification restriction
Consultation transfer — Local and Network/Exterf@ge Limitations section for details.)
Early Attended transfer — Local and Network/Extéii$®e Limitations section for details.)
Call forward unconditional by join — Local
Call forward unconditional by join — Network/Extei(See Limitations section for details.)
Call forward busy by join — Local
Call forward busy by join — Network/External
Call forward no reply by join — Local
Call forward no reply by join — Network/External
Hold and resume
DTMF interworking (see limitations section for diéth

3-way conference (ad-hoc)

Features Not Supported (See limitations)
COLP-Connected line (Number) identification presgion
COLR- Connected line (Number) identification restidn
CONP-Connected name identification presentation
CONR- Connected name identification restriction

Centralized Message center voicemail integration
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Configuration

This section contains configuration menus and contt®and describes configuration sequences and tasks
Configuring the Aastra MX-One

System Software Release
ROCAI
RODAI
ROEQI
RODDI

arwhPRE

© 2009 Cisco Systems, Inc. All rights reserved.
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System software release:

>ts_about;
====== MX-ONE Telephony System ======
Version: 3.2 SP1 build16

RPM Packages

Telephony Server 12.45.6 :
eri_sn-12.45.6-MR

Media Gateway File system 2.0 :
egx_rfs-2.0-1

Media Gateway 10.15 :
egx_sw-10.15-1

Media Gateway Classic 1.4_5:
Isue_sw-1.4_5-1

Manager 8.48.1 :
eri_om-8.48.1-1

ROCAI:
Route category initiate
Set up internal characteristics for the route;eiaample, traffic direction, services, or beareratslities.

ROCAP:

Route category data print

> ROCAP:ROU=ALL;

ROUTE CATEGORY DATA

ROU SEL TRM SERV NODG DIST DISIRAF  SIG BCAP

10 7110000000700010 4 3110000010 O 30 a@B51515 111110000011 001100
50 71100000000000105 2110030000 O 30 @2B51515 111110000031 001100
70 71100000000000105 2110030000 O 30 @2B51515 111110000031 001100
100 7110000000000010 5 3110000001 0 30 @2B51515 111111100091 001100
101 7110000000000010 4 3110000001 0 30 @@B515151111111000A1 001100
102 7110000000000010 4 3110000001 0 30 @@B515151111111000A1 001100
103 7110000000000010 4 3110000001 0 30 @@B515151111111000A1 001100
104 7110000000000010 4 3110000001 0 30 @@B515151111111000A1 001100
END

RODAI:
Route data initiate

RODAP:

Route data print

> RODAP:ROU=104;

ROUTE DATA

ROU TYPE VARC VARI VARO FIER
104 TL66 H'00000000 H'00000000 H'00000111 NO
END

SIP Route:

© 2009 Cisco Systems, Inc. All rights reserved.
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> sip_route -set -route 104 -uristring "sipP@.20.8.38' -accept ALL

> sip_route -print -route 104
Route data for SIP destination

Route : 104

Protocol =udp
Invite URI string 0 = sip:?@172.20.8.30
Invite URI string 1 =
Invite URI string 2 =
Invite URI string 3 =
Invite URI string 4 =
Invite URI string 5 =
Invite URI string 6 =
Invite URI string 7 =
From URI string 0 =
From URI string 1 =
From URI string 2 =
From URI string 3 =
From URI string 4 =
From URI string 5 =
From URI string 6 =
From URI string 7 =

Port = default
Accepted calls = ALL
Priority =255
Match this =

context B-party 0 =
context B-party 1 =
context B-party 2 =
context B-party 3 =
context B-party 4 =
context B-party 5 =
context B-party 6 =
context B-party 7 =
context A-party 0 =
context A-party 1 =
context A-party 2 =
context A-party 3 =
context A-party 4 =
context A-party 5 =
context A-party 6 =
context A-party 7 =
Authentication username =
Password =
Registration type = NO_REG
Trusted privacy domain = no
SOS a subscriber number =
SOS type of number =
SOS destination number =

ROEQ!:

1 CUBE’s IP address
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Route equipment initiate

ROEDP:

Route equipment data print

> ROEDP:ROU=104,TRU=ALL;
ROUTE EQUIPMENT DATA

ROU TRU EQU IP ADDRESS SQU INDDAT CNTRL
104 001-1 H'000000000000

END

RODDI:

Route external destination date initiate

RODDP:

Route external destination data print

> RODDP:DEST=ALL;

EXTERNAL DESTINATION ROUTE DATA

DEST DRN ROU CHO CUST ADC TRC SRT NUMACK PRE
235 50 15050000000002501050011@00 O
33 101 17070000000002501070011@08 O
34 100 17070000000002501070011@08 O
35 102 17070000000002501070011@08 O
40 103 17070000000002501070011@00 O
42 70 15051000000002501050011@00 O
50 50 17070000000002501070011@00 O
533 70 15050000000002501050011@00 O
64 104 17070000000002501070011@00 O
666 70 15050000000002501050011@00 O
70 70 15050000000002501050011@00 O
END

KSDDP:

Key system directory data print

> KSDDP:DIR=ALL,;
KEY SYSTEM DIRECTORY DATA

DIR CUST EQU CAT ADN ODN CALALT TIMER
1251 001-0-22-00 - 10 O
1252 001-0-22-01 - 10 O
1253 001-0-22-02 - 10 O
1254 001-0-22-03 - 10 O
1255 001-0-22-04 - 10 O
1256 001-0-22-05 - 10 O
1257 001-0-22-06 - 10 O
1258 001-0-22-07 - 10 O
1259 001-0-22-08 - 10 O
1260 001-0-22-09 - 10 O
1261 001-0-22-10 - 10 O
1262 001-0-22-11 - 10 O
1263 001-0-22-12 - 10 O
1264 001-0-22-13 - 10 O
1265 001-0-22-14 - 10 O
END
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Calling name/connected name restrictions

> KSCAP:DIR=1251&1252;

KEY SYSTEM CATEGORY PRINT

DIR TRAF SERV CDIV ROC IPE TRM ADC LANG BSEC
1251 03151515 0211120700 011151111 720004 Q0 00100013010000 0 O
1252 03151515 0215120700 011151111 720004 Q0 00100013010000 0 O
END

To configure Calling/Connected Name and Number fitéstl, use the following command:
<KSCAC:DIR=1251&&1252,ADC=0010013010000;

To configure Calling/Connected Name and Numberwdd, use the following command:
<KSCAC:DIR=1251&&1252,ADC=0000013010000;

Call diversion on busy/no reply
> CDIDP:DIR=1251&1252;

To enable/disable diversion on busy/no reply, hegfollowing command:
>CDINI:DIR=1251,DIV=64001; /ICall diversiomdividual number initiate
>CDINE:DIR=1251; /ICailérsion individual number end
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Configuring the Cisco Unified Communications Manage

Cisco Unified Communications Manager Version
Region configuration

Device pool configuration

Media Termination Point registration
Conference Bridge registration

Media Resource Group List configuration

Media Resource Group configuration

SIP Trunk Configuration

9. Cisco IP Phone 7960 SCCP Configuration

10. Cisco IP Phone 7971 SIP Configuration

11. Enbloc Route Configuration

12. Calling name and restriction configuration

13. Connected name and number restriction configuration

©ONo gL E
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Cisco Unified Communications Manager Version

ulln  Cisco Unified CM Administration jgation

CISCO  for Cisco Unified Communications Solutions ccmadministrator ut Logout

System = CallRouting »  Media Resources »  Voice Mail = Device »  Application User Management =  Bulk Administration «  Help

Cisco Unified CM Administr

System version: 7.0.2.10000-18

Copyright @ 1999 - 2008 Cisco Systems, Inc.
All rights reserved.

This product contains cryptographic features and is subject to United States and local country laws governing import, export, transfer and use. Delivery of Cisco cryptographic products does not imply third-party authority to
import, export, distribute or use encryption. Importers, exporters, distributors and users are responsible for compliance with U.S. and local country laws. By using this product you agree to comply with applicable laws and
regulations, If you are unable to comply with U.S, and local laws, return this product immediately,

A summary of U.5. laws governing Cisco cryptographic products may be found at: http:/fwwe cisco.com/wwl/export/oryptoftool/starg.html.
If you require further assistance please contact us by sending email to export@cisco.com.
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Configuring the Region
Navigation Path: System -> Region
aluily  Cisco Unified CM Administration ! T Cisco Unified CM Administration v | Go |

CISCO g Cisco Unified Communications Solutions ccmadministrator About

System v CallRouting =  Media Resources ~  Voice Mail v Device v  Application = User Mansgement »  Bulk Administration +  Help

SCIRTEL R4 Back To Find/List

Q Save x Delete %' Resst D AddNew

rRegion Information

Mame™® |G.729

o

rRegion Relati

Region Audio Godec ideo Gall Bandwideh ke Loss Type
Default G729 364 Use System Default
G.729 G.729 364 Use System Default
phonesg71i1 G711 384 Use System Default
phonesg7za G729 364 Use System Default
NOTE: Regions(s) not displaved Use Systern Default Use Systern Default Use Systern Default

rModify Relati hip to other

‘Regions Audio todec Video Call Bandwidth Link Loss Type
Default
G.729
phonesg711
phonesg729
Keep Current Setting v & Keep Current Setting Keep Current Setting v
Quse System Default
O None

O I:khps

*[ Save ] [ Delete J [ Reset ] [ Add New ]

*_indicates required item.

@ *¥*The Audio Codec selection determines bandwidth only, The G.711 and G.722 codecs both result in a maximum bandwidth of 64 Kbps between regions and can be used interchangeably.
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Configuration of Device pool (1 of 2)
Navigation Path: System -> Device pool

aluli  Cisco Unified CM Administration YRR C <o Linified CM Administration |

CISCO gy Cisco Unified Communications Solutions ccmadministrator Abaut L t

System » Call Routing = Media Resources v VoiceMal » Device Application = User Mansgement ~  Bulk Administration = Help +

Device Pool Configura LR CH AR AN Back To Find/List

Q Save x Delete Copry % Reset Ifl;h Acldd Mew

”~
rStatus 7
@ Status: Ready
Device Pool Information
’VDewce Pool:  SIP_trunk (7 members**)
rDevice Pool Settings
Device Pool Name* |s1P_trunk |
Cisco Unified Cornrmunications Manager Group™® | Default V‘
Calling Search Space for Auto-registration |< Mane = V‘
Reverted Call Focus Priority | Default |
Local Raute Group |< Mone = V‘
rRoaming Sensitive Settings
Diate/Tirme Group™® | cMLocal |
Region* [c.rz9 ]
Media Resource Group List | = Mone > |
Location [« More > |
Metwork Locale [ = Nore > v 1
SRST Refersnce® | Use Default Gateway |
Connection Monitor Duration*** | ‘
Single Button Barge* | Default =
Join Across Lines™® | Default ¥
Physical Location [« Mone = &
Device Mobility Group | = Nore > v
—Device Mobility Related Information****
Device Mobility Calling Search Space | < Hone > ~|
BAR Calling Search Space ‘< Mone = "l
AAR Group | < Hone = ¥
! v
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Configuration of Device pool (2 of 2)
Navigation Path: System -> Device pool

© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 16 of 48



Configuration of the conference bridge
Navigation Path: Media Resources -> Conference Bridge

Note: This configuration page refers to the conferenddgerconfigured on the CUBE. Configuration is below
sccp ccm group 1

bind interface GigabitEthernet0/0

associate ccm 1 priority 1

associate profile 2 register cfb0021d8150930

|

dspfarm profile 2 conference
codec g711lulaw

codec g71lalaw

codec g729ar8

codec g729abr8

codec g729r8

codec g729br8

maximum sessions 6
associate application SCCP
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Media Resource Group List configuration
Navigation Path: Media Resources -> Media Resource Group List
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Media Resource Group configuration
Navigation Path: Media Resources -> Media Resource Group
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SIP Trunk Configuration (1 of 3)
Navigation Path: Device -> Trunk
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Trunk Configuration (2 of 3)
Navigation Path: Device -> Trunk
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Trunk Configuration (3 of 3)
Navigation Path: Device -> Trunk
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Cisco IP Phone 7960 SCCP Configuration (1 of 7)
Navigation Path: Device -> Phone
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Cisco IP Phone 7960 SCCP Configuration (2 of 7)
Navigation Path: Device -> Phone
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Cisco IP Phone 7960 SCCP Configuration (3 of 7)
Navigation Path: Device -> Phone
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Cisco IP Phone 7960 SCCP Configuration (4 of 7)
Navigation Path: Device -> Phone
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Cisco IP Phone 7960 SCCP Configuration (5 of 7)
Navigation Path: Device -> Phone -> Modify/Add Button
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Cisco IP Phone 7960 SCCP Configuration (6 of 7)
Navigation Path: Device -> Phone -> Modify/Add Button
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Cisco IP Phone 7960 SCCP Configuration (7 of 7)
Navigation Path: Device -> Phone -> Modify/Add Button
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Cisco IP Phone 7971 SIP Configuration (1 of 8)
Navigation Path: Device -> Phone
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Cisco IP Phone 7971 SIP Configuration (2 of 8)
Navigation Path: Device -> Phone
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Cisco IP Phone 7971 SIP Configuration (3 of 8)
Navigation Path: Device -> Phone
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Cisco IP Phone 7971 SIP Configuration (4 of 8)
Navigation Path: Device -> Phone
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Cisco IP Phone 7971 SIP Configuration (5 of 8)
Navigation Path: Device -> Phone
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Cisco IP Phone 7971 SIP Configuration (6 of 8)
Navigation Path: Device -> Phone -> Modify/Add Button
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Cisco IP Phone 7971 SIP Configuration (7 of 8)
Navigation Path: Device -> Phone -> Modify/Add Button
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Cisco IP Phone 7971 SIP Configuration (8 of 8)
Navigation Path: Device -> Phone -> Modify/Add Button
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Enbloc Route Configuration 51XX (1 of 2)
Navigation Path: Call Routing -> Route/Hunt -> Route Pattern
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Enbloc Route Configuration 51XX (2 of 2)
Navigation Path: Call Routing -> Route/Hunt -> Route Pattern
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Calling line name and number restriction configuraion
Navigation Path: Device -> Trunk
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Connected name and number restriction configuration
Navigation Path: Device -> Trunk

© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 41 of 48



Configuring CUBE

CUBE#show version

Cisco 10S Software, 3800 Software (C3825-ADVENTERFEK9_IVS-M), Version 12
.4(22)T, RELEASE SOFTWARE (fcl)

Technical Support: http://www.cisco.com/techsupport

Copyright (c) 1986-2008 by Cisco Systems, Inc.

Compiled Fri 10-Oct-08 06:43 by prod_rel_team

ROM: System Bootstrap, Version 12.4(13r)T, RELEASBFTWARE (fc1)

CUBE uptime is 5 hours, 27 minutes
System returned to ROM by reload at 21:18:11 UTGMpr 6 2009
System image file is "flash:c3825-adventerprisek®-mz.124-22.T.bin"

This product contains cryptographic features arsiiigect to United
States and local country laws governing import,oegransfer and
use. Delivery of Cisco cryptographic products doesimply
third-party authority to import, export, distribute use encryption.
Importers, exporters, distributors and users aspaesible for
compliance with U.S. and local country laws. Byngsthis product you
agree to comply with applicable laws and regulatidfiyou are unable
to comply with U.S. and local laws, return this gt immediately.

A summary of U.S. laws governing Cisco cryptogragdroducts may be found
at:http://www.cisco.com/wwl/export/crypto/tool/stghtml

If you require further assistance please contatlyusending email to
export@cisco.com.

Cisco 3825 (revision 1.2) with 225280K/36864K bybtésnemory.
Processor board ID FTX1227A3CR

2 Gigabit Ethernet interfaces

4 Channelized (E1 or T1)/PRI ports

1 Virtual Private Network (VPN) Module

DRAM configuration is 64 bits wide with parity erlad.

479K bytes of NVRAM.

62592K bytes of ATA System CompactFlash (Read/\)rite

Configuration register is 0x2102

CUBE#show run
Building configuration...

Current configuration : 3182 bytes
1

version 12.4

service timestamps debug datetime msec
service timestamps log datetime msec

no service password-encryption

1

hostname CUBE
|
boot-start-marker

boot-end-marker
!
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!
!
logging message-counter syslog
logging buffered 10000000
no logging console
enable password cisco
!
no Aa new-model
!
dot11 syslog
ip source-route
ip cef
!
no ip domain lookup
no ipv6 cef
!
multilink bundle-name authenticated
!
voice-card 0
dspfarm
dsp services dspfarm
!
voice service voip
address-hiding
allow-connections sip to sip
redirect ip2ip
h323
sip
history-info
midcall-signaling passthru
g729 annexb-all
!
voice class codec 1
codec preference 1 g729r8
codec preference 2 g711ulaw
!
voice class sip-profiles 1
request REINVITE sdp-header Audio-Attribute modify "inactive" "sendrecv
request ACK sdp-header Audio-Attribute modify "sendonly” "sendrecv" *
response 200 sdp-header Audio-Attribute modify "sedonly” "sendrecv"
!
voice translation-rule 5
rule 5 /A5+/ //
[
voice translation-rule 6
rule 6 /°6+/ //
!
voice translation-profile out-to-CallManager
translate called 6
!
voice translation-profile out-to-Ericsson

translate called 5
!

n 2

2 This SIP profile CLI is required for Call transfend hold/resume to function properly
This command is needed for MoH to work. But enaptinis command results in one-way conference wherconferencing phone drops out during the
Network/External conference and the phone at ties&on end is conferencing.
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archive
log config
hidekeys
1
interface GigabitEthernet0/0
ip address 172.20.8.30 255.255.255.0
duplex auto
speed auto
media-type rj45
1

interface GigabitEthernet0/1

no ip address

shutdown

duplex auto

speed auto

media-type rj45

!

ip forward-protocol nd

ip route 0.0.0.0 0.0.0.0 172.20.8.1
no ip http server

no ip http secure-server

!

control-plane

!

ccm-manager fax protocol cisco
1

mgcp fax t38 ecm

!

sccp local GigabitEthernet0/0

scep cecm 172.20.8.254 identifier 1 version 7.0
scep

!

sccp ccm group 1

bind interface GigabitEthernet0/0

associate ccm 1 priority 1

associate profile 2 register cfb0021d8150930
1

dspfarm profile 2 conference
codec g711lulaw

codec g71lalaw

codec g729ar8

codec g729abr8

codec g729r8

codec g729br8

maximum sessions 6
associate application SCCP
1

dial-peer voice 1200 voip
description To Ericsson
destination-pattern 12..
voice-class codec 1
session protocol sipv2
session target ipv4:172.20.244.254
dtmf-relay sip-notify

1

dial-peer voice 4000 voip
description To CUCM
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destination-pattern 40..
voice-class codec 1

session protocol sipv2

session target ipv4:172.20.8.254
dtmf-relay rtp-nte

1

dial-peer voice 1201 voip

description Tranlates incoming number out to Edoss
translation-profile incoming out-to-Ericsson
answer-address 4...

voice-class codec 1

session protocol sipv2

incoming called-number 512..

dtmf-relay rtp-nte

1

dial-peer voice 4001 voip
dscripiton Translates incoming number out to CUCM
translation-profile incoming out-to-CUCM
answer-address 1...
voice-class codec 1

session protocol sipv2
incoming called-number 640..
dtmf-relay rtp-nte

1

sip-ua

1

gatekeeper

shutdown

1

line con 0

line aux O

linevty 0 4

exec-timeout 0 0

password cisco

login

1

scheduler allocate 20000 1000
end
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Acronym

Definitions

ANF-PR Additional Network Feature Path Replacement

AOC Advice-of-charge. Information element is sent with the connection setup information for
incoming Euro-ISDN connections. The AOC IE is used for call charge calculation.

CuCM™M Cisco Unified Communications Manager

CCBS Call Completion to Busy Subscriber

CCNR Call Completion on No Reply

CFB Call Forwarding on Busy

CFNR Call Forwarding No Reply

CFU Call Forwarding Unconditional

CLIP Calling Line (Number) Identification Presentation

CLIR Calling Line (Number) Identification Restriction

CNIP Calling Name Identification Presentation

CNIR Calling Name Identification Restriction

COLP Connected Line (Number) Identification Presentation

COLR Connected Line (Number) Identification Restriction

CONP Connected Name Identification Presentation

CONR Connected Name Identification Restriction

CT Call Transfer

MWI Message Waiting Indicator

PSTN Public Switched Telephone Network
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THE SPECIFICATIONS AND INFORMATION REGARDING THE PRODUCTS IN THIS MANUAL ARE SUBJECT TO CHANGE
WITHOUT NOTICE. ALL STATEMENTS, INFORMATION, AND RECOMMENDATIONS IN THIS MANUAL ARE BELIEVED TO
BE ACCURATE BUT ARE PRESENTED WITHOUT WARRANTY OF ANY KIND, EXPRESS OR IMPLIED. USERS MUST TAKE
FULL RESPONSIBILITY FOR THEIR APPLICATION OF ANY PRODUCTS.

IN NO EVENT SHALL CISCO OR ITS SUPPLIERS BE LIABLE FOR ANY INDIRECT, SPECIAL, CONSEQUENTIAL, OR
INCIDENTAL DAMAGES, INCLUDING, WITHOUT LIMITATION, LOST PROFITS OR LOSS OR DAMAGE TO DATA

ARISING OUT OF THE USE OR INABILITY TO USE THIS MANUAL, EVEN IF CISCO OR ITS SUPPLIERS HAVE BEEN
ADVISED OF THE POSSIBILITY OF SUCH DAMAGES.
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