
 

 
 
 

© 2008 Cisco Systems, Inc. All rights reserved.  
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com 

Page 1 of 70 
EDCS# 704251 Rev 2 

����������	
����

 

MTS Allstream IP Trunking Service: Connecting Cisco Unified 
Communications Manager 6.1.1(a) via the Cisco Unified Border 
Element using SIP  

August 13, 2008 - Initial Version 

 


����
��
��	��	��
����
��
��	��	��
����
��
��	��	��
����
��
��	��	��
 




Introduction..............................................................................................................................................................................................................2 
Network Topology....................................................................................................................................................................................................3 
System Components.................................................................................................................................................................................................4 

Hardware Requirements......................................................................................................................................................................................4 
Software Requirements........................................................................................................................................................................................4 

Features....................................................................................................................................................................................................................5 
Features Supported..............................................................................................................................................................................................5 
Features Not Supported.......................................................................................................................................................................................5 

Caveats.....................................................................................................................................................................................................................5 
Configuration............................................................................................................................................................................................................6 

Configuring the CUBE........................................................................................................................................................................................6 
Configuring the Cisco Unified Communications Manager ...............................................................................................................................12 

Acronyms................................................................................................................................................................................................................68 
 

 

 

 



 

 
© 2008 Cisco Systems, Inc. All rights reserved.  

Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com. 
Page 2 of 70 

 

 

�	���������	�	���������	�	���������	�	���������	
 




Service providers (SP) today, such as MTS Allstream, are offering alternative methods to connect to the PSTN via their IP network. Most of 
these services utilize SIP as the primary signaling method and a centralized IP-to-TDM gateway to provide on-net and off-net services. The 
MTS Allstream IP trunking service is an SP offering that allows connection to the PSTN and may offer the end customer a viable alternative to 
traditional PSTN connectivity via either analog or T1 lines. A demarcation device between these services and customer-owned services is 
recommended. The Cisco Unified Border Element (CUBE) provides demarcation, security, interworking, and session management services. 

·  This application note describes how to configure a Cisco Unified Communications Manager (CUCM) release 6.1.1a with a CUBE for 
connectivity to the MTS Allstream IP trunking service. The deployment model covered in this application note is enterprise 
(CUCM6.1.1a/CUBE) to PSTN (the MTS Allstream IP trunking service). Inbound (PSTN to enterprise) and outbound (enterprise to 
PSTN) were both tested. Emergency 911 calls were not tested. 

·  Testing was performed in accordance with the test plan for the MTS Allstream IP trunking service, and all features were verified.  

- Key features verified are: basic call, calling line identification presentation and restriction (CLIP and CLIR), codec negotiation, 
DTMF signaling and detection, call hold, transfers, forwarding, conferencing, call park, toll-free numbers, automatic call 
distribution (via hunt group), call duration (over 3 hours), teleworking, and fax using G711ulaw (pass-through). Negative test cases 
of overflow and failover were also tested, as well as intercept (announcement) for misdialed number.  

- All these features were found to work, subject to the caveats on page 5.  

- Teleworking included a Cisco IP Communicator 2.1(4) soft phone as well as a Cisco IP Phone 7960. They were assigned the same 
extension number that, when called, rang at both devices simultaneously. The call could be answered from either device. 

·  Testing was done in a lab environment, and some features were verified with the aid of traces and packet captures. In particular:  

- Overflow was verified using call admission control (CAC) on the MTS Allstream side of the SIP trunk. When the limit was 
reached, MTS Allstream traces showed that the second trunk was attempted. 

- Failover was similarly tested using traces on the MTS Allstream side of the SIP trunk. Failures were simulated with access control 
lists (ACLs) on the CUBE to block call attempts.  

- ACD was tested by simply using a hunt group on CUCM. 

- To test audible DTMF from the PSTN, an analog phone was placed on the analog (FXS) line on the Cisco IOS voice gateway 
depicted in Figure 1. This was done because inbound DTMF tones from the PSTN are not audible on the Cisco Unified IP Phones. 
Packet captures also verified that the DTMF tones were being sent via RFC 2833 DTMF relay in both directions. 

·  The CUBE configuration detailed in this document is based on a lab environment with a simple dial plan used to ensure proper 
interoperability between the MTS Allstream network and Cisco Unified Communications. The configuration described in this document 
details the important commands to enable for interoperability to be successful. The network administrator deploying CUBE in a 
production must take care. 
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Figure 1.   Basic Call Setup 
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Hardware Requirements 

The following hardware is required: 

·  Cisco enterprise side: 

- Cisco 3825 (Cisco 3800 family routers) 

- Cisco 2801 (Cisco 2800 family routers) 

- Cisco 3550 powered Ethernet switch 

- Cisco MCS 7800 series server 

- 3 Cisco Unified IP Phones (2-7960, 1-7961) 

·  Service provider side: 

- MTS Allstream uses Nortel CS2000 

- MTS Allstream uses Nextone SBC 

Software Requirements 

The following software is required: 

·  Cisco Unified Communications Manager Release 6.1 

·  Cisco IOS Release 12.4 (15)XZ: c3825-adventerprisek9_ivs-mz.124-15.XZ.bin (CUBE) 

 The above release was tested. 12.4(20)T is the migration path, and the expected behavior is the same. 

·  Cisco IOS Release 12.4(15)T4: c2801-ipvoicek9-mz.124-15.T4.bin (voice gateway for fax) 

·  Cisco IP Communicator 2.1.4.0 
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This section lists supported and unsupported features. 

Features Supported 

·  Basic calls (inbound and outbound) 

·  Calling line (number) identification presentation (CLIP) 

·  Calling line (number) identification restriction (CLIR) 

·  DTMF (RFC2833) 

·  Call hold 

·  Call transfer (consultation and early attended) 

·  Call conference 

·  Call forward 

·  Call park 

·  Intercept message from ITSP on number misdial 

·  Toll-free numbers 

·  Teleworking 

·  ACD  (see Caveats section) 

·  Failover  (see Caveats section) 

·  Long calls durations (over 3 hours) 

·  Fax : G711 pass-through  (see Caveats section) 

Features Not Supported 

·  Emergency 911 calls were not tested. 

·  Calling name identification presentation (CNIP) 

����������������������������
 




These are the known limitations, caveats, or integration issues. 

·  Emergency 911 calls were not tested. 

·  It is important to set the “SIP Rel 1XX Enabled” field in the CUCM service parameters to True. The default is False. One consequence 
of using the default setting pertains to a user on the inside calling out (from CUCM to the PSTN) and misdialing. For example, the user 
erroneously dials a 1 at the beginning of the number string for a local number, or omits a 1 for a long-distance number. With the default 
setting, the user would hear local ringback, and not realize that the number had been misdialed. With the proper setting, the user hears an 
announcement from the MTS Allstream SIP trunk stating that the user has misdialed. This service parameter also affects call connections 
to IVR systems that use streaming auto-attendant instructions. In these cases, there is no in-band ringing, and no SIP 200 OK from the 
IVR system until an IVR menu selection is made by the caller via DTMF. 

·  During a G729 call, fax passthrough (G711ulaw) is unsuccessful due to the MTS SIP element not sending an SIP Re-
INVITE to upspeed the RTP connection to G711ulaw. In order to use fax with G711u passthrough, the initial call established must be 
G711u. This can be accomplished by using dedicated DID numbers for fax and configuring the CUBE dial-peer to those DID numbers 
for G711u. Also, the IOS voice gateway connected to the fax machine on the CUCM must be placed in a separate region and device 
pool, and the region relationship between this region and the region for CUBE should be set to G711u. 
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This section contains configuration menus and commands, and describes configuration sequences and tasks. 

Configuring the CUBE 

 
show version 
 
Cisco IOS Software, 3800 Software (C3825-ADVENTERPR ISEK9_IVS-M), Version 12.4(15)XZ, 
RELEASE SOFTWARE (fc2) 
Technical Support: http://www.cisco.com/techsupport  
Copyright (c) 1986-2008 by Cisco Systems, Inc. 
Compiled Fri 11-Apr-08 21:09 by prod_rel_team 
 
ROM: System Bootstrap, Version 12.3(11r)T2, RELEASE  SOFTWARE (fc1) 
 
c3825_CUBE uptime is 7 weeks, 3 days, 2 hours, 34 m inutes 
System returned to ROM by power-on 
System image file is "flash:c3825-adventerprisek9_i vs-mz.124-15.XZ.bin" 
 
 
This product contains cryptographic features and is  subject to United 
States and local country laws governing import, exp ort, 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 re sponsible for 
compliance with U.S. and local country laws. By usi ng this product you 
agree to comply with applicable laws and regulation s. If you are unable 
to comply with U.S. and local laws, return this pro duct immediately. 
 
A summary of U.S. laws governing Cisco cryptographi c products may be found at: 
http://www.cisco.com/wwl/export/crypto/tool/stqrg.h tml 
 
If you require further assistance please contact us  by sending email to 
export@cisco.com. 
 
Cisco 3825 (revision 1.1) with 487424K/36864K bytes  of memory. 
Processor board ID FTX1025A25D 
2 Gigabit Ethernet interfaces 
1 Virtual Private Network (VPN) Module 
DRAM configuration is 64 bits wide with parity enab led. 
479K bytes of NVRAM. 
4044784K bytes of USB Flash usbflash1 (Read/Write) 
62720K bytes of ATA System CompactFlash (Read/Write ) 
 
Configuration register is 0x2102 
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show running-config 
 
! 
version 12.4 
service timestamps debug datetime msec 
service timestamps log datetime msec 
no service password-encryption 
! 
hostname c3825_CUBE 
! 
boot-start-marker 
boot-end-marker 
! 
logging message-counter syslog 
logging buffered 100000000 
no logging console 
no logging monitor 
enable password cisco 
! 
no aaa new-model 
! 
dot11 syslog 
ip auth-proxy max-nodata-conns 3 
ip admission max-nodata-conns 3 
ip cef 
! 
! 
! 
! 
no ip domain lookup 
no ipv6 cef 
! 
multilink bundle-name authenticated 
! 
! 
! 
voice-card 0 
 dspfarm 1 
 dsp services dspfarm 1 
! 
! 
! 
 
 
 
 
 
 
 
 
 
 
 
 
voice service voip  

                                                                 
1 This command enables dsp farming to allow for conference bridge resources using G729 media on CUCM. 
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 allow-connections sip to sip 2 
 redirect ip2ip 
 h323 
 sip 
  early-offer forced 3 
  midcall-signaling passthru 
  g729 annexb-all 4 
  sip-profiles 1 5 
  header-passing error-passthru 6 
! 
! 
! 
voice class codec 1 7 
 codec preference 1 g729r8 
 codec preference 3 g711ulaw 
! 
! 
! 
! 
voice class sip-profiles 1 5 
 request INVITE sip-header Supported remove  
 request INVITE sip-header Min-SE remove  
 request INVITE sip-header Session-Expires remove  
 request INVITE sip-header Unsupported modify "Unsu pported:" "timer"  
! 
! 
! 
archive 
 log config 
  hidekeys 
!  
! 
interface GigabitEthernet0/0 
 ip address 99.136.103.67 255.255.255.0 secondary 
 ip address 99.136.103.65 255.255.255.0 
 duplex auto 
 speed auto 
 media-type rj45 
! 
interface GigabitEthernet0/1 
 ip address 172.20.110.1 255.255.255.0 
 duplex auto 
 speed auto 
 media-type rj45 
! 

                                                                 
2 This command enables CUBE SIP-to-SIP function. 
3 This command enables delayed-offer to early-offer translation of initial SIP INVITE without SDP. 
4 For explanation of this command see g729-annexb-all. 
http://www.cisco.com/en/US/docs/ios/voice/command/reference/vr_v2.html#wp1223062. 
5 This command enables an SIP profile to strip min-SE and session-timer headers from the SIP INVITE going towards the MTS 
Allstream network. 
6 This command was not used in testing, but is recommended for deployment, because it enables transparent error code mappings 
from leg to leg for SIP-to-SIP calls. 
7 This command provides codec filtering. 
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ip default-gateway 99.136.103.70 
ip forward-protocol nd 
ip route 0.0.0.0 0.0.0.0 99.136.103.70 
ip route 172.20.110.0 255.255.255.0 GigabitEthernet 0/1 
ip http server 
no ip http secure-server 
! 
! 
access-list 101 permit ip any host 99.136.103.67 
access-list 101 remark BLOCKING 1st IP ADDRESS - FA ILOVER 
! 
! 
tftp-server flash:New_conference_bug 
tftp-server flash:HIPCS_calling_DTMF.txt 
tftp-server flash:TDM_PBX_calling_DTMF.txt 
tftp-server flash:Hold_working_call_flow.rtf 
tftp-server flash:g729annexb_override_disabled.cap 
tftp-server flash:T38_fallback_to_g711ulaw_fails.rt f 
! 
control-plane 
! 
! 
! 
sccp local GigabitEthernet0/1 8 
sccp ccm 172.20.110.254 identifier 1 version 6.0  
sccp 
! 
sccp ccm group 1 
 associate ccm 1 priority 1 
 associate profile 1 register cfb0018185bb7a1 9 
! 
dspfarm profile 1 conference   
 codec g729r8 
 codec g711ulaw 
 codec g729br8 
 maximum sessions 3 
 associate application SCCP 
! 
! 
dial-peer voice 2000 voip 
 description VANCOUVER - no prefix 
 destination-pattern 1.......... 
 signaling forward unconditional 
 voice-class codec 1 10 
 voice-class sip g729 annexb-all 
 voice-class sip early-offer forced 
 session protocol sipv2 11 

                                                                 
8 A hardware conference bridge is required for G.729. This command enables SCCP registration of DSP resources for 
conferencing on CUCM. 
9 This number will be created using the letters “cfb” as the leading characters and obtaining the complete mac address from the 
Ethernet interface connecting to the CUCM LAN (for example, “show interface GigabitEthernet 0/1”). 
10 This command applies the codec filtering rule to the particular dial-peer. 
11 This command enables SIP trunk communication towards CUCM Call Leg (outbound dial-peer). 
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 session target ipv4:207.245.2.12 
 incoming called-number 1.......... 12 
 dtmf-relay rtp-nte 13 
 no fax-relay sg3-to-g3 14 
 fax protocol pass-through g711ulaw 15 
! 
dial-peer voice 778 voip 
 description CUCM 
 destination-pattern 778....... 
 signaling forward unconditional 
 voice-class codec 1 10 
 session protocol sipv2 11 
 session target ipv4:172.20.110.254 
 dtmf-relay rtp-nte 13 
 no fax-relay sg3-to-g3 14 
 fax protocol pass-through g711ulaw 15 
! 
! 
dial-peer voice 2001 voip 
 description VANCOUVER - no prefix - misdial LD wit hout 1 
 destination-pattern 416....... 
 signaling forward unconditional 
 voice-class codec 1 10 
 voice-class sip g729 annexb-all 
 voice-class sip early-offer forced 
 session protocol sipv2 11 
 session target ipv4:207.245.2.12 
 dtmf-relay rtp-nte 13 
! 
! 
dial-peer voice 2002 voip 
 description VANCOUVER - no prefix - FAX only 
 destination-pattern 1408955.... 
 signaling forward unconditional 
 codec g711u 15 
 voice-class sip g729 annexb-all 
 voice-class sip early-offer forced 
 session protocol sipv2 11 
 session target ipv4:207.245.2.12 
 incoming called-number 17783720052 12 
 dtmf-relay rtp-nte 13 
 no fax-relay sg3-to-g3 14 
 fax protocol pass-through g711ulaw 15 
! 
! 
sip-ua  

                                                                 
12 This command sets the dial-peer configuration values to be applied to all incoming calls with a called number matching pattern. 
This number shall be set to match the “called” number pattern from the MTS Allstream incoming INVITE message. 
13 This command enables DTMF relay using RFC2833 for that particular dial-peer. 
14 The command fax-relay sg3-to-g3  enables interworking between SG3 and G3 faxes. It is not needed for fax 
interworking with MTS Allstream IP trunking service. 
15 This command specifies G.711u codec for fax. 
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! 
! 
! 
gatekeeper 
 shutdown 
! 
! 
line con 0 
 password cisco 
 login 
line aux 0 
line vty 0 4 
 exec-timeout 0 0 
 password cisco 
 login 
! 
exception data-corruption buffer truncate 
scheduler allocate 20000 1000 
end 
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Configuring the Cisco Unified Communications Manage r 

SIP Service Parameters 

SIP Rel1XX Enabled—1 of 1 
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SIP Trunks 

SIP Trunk to MTS Allstream IP trunking service—1 of 2 

Note: The SIP trunk pointed toward the MTS Allstream IP trunking service is in the CUBE device pool.  
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SIP Trunk to MTS Allstream IP trunking service—2 of 2 
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SIP Trunk to Cisco IOS Voice Gateway for Fax Machine—1 of 2 

Note: The SIP trunk pointed to the Cisco IOS voice gateway (used for connection to a local fax machine) is in the default device pool.  
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SIP Trunk to IOS Voice Gateway for Fax Machine—2 of 2 
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Regions and Device Pools 

Regions—1 of 1 
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Default Region—1 of 1 

Note: The codec between the default region and the CUBE Region is G.711u. The codec between devices within the default region is also 

G.711u. 
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CUBE Region—1 of 1 

Note: The codec between the CUBE Region and the default region is G.711u. The codec between devices within the CUBE region is G.729. 
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Device Pools—1 of 1 
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Default Device Pool—1 of 1 
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CUBE Device Pool—1 of 1 
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Route Patterns 

Route Patterns—1 of 1 

Note:  The MTS Allstream IP trunking service provided access to the PSTN through a trunk designated “Vancouver.” The route pattern 1-

XXX-XXX-XXXX hit this trunk. The Route Pattern 416-XXX-XXXX was set up to hit this trunk with misdialed digits. It is missing the 1 

required for long distance. The Route Pattern 9.1X?# allows a variable length number to be dialed (such as international), requiring a # to be 

dialed, or else wait for the CUCM interdigit timer to expire. The Route Pattern 778-372-005X was used to reach a Cisco IOS voice gateway 

with FXS port for a local fax machine. Note from the previous screenshots that the SIP trunk associated with this gateway is in the default 

device pool, whereas the SIP trunk to the MTS Allstream IP trunking service is in the CUBE Device Pool. This is to accomplish G.711u calls to 

and from the gateway connected to the local fax machine. 
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Route Pattern to MTS Allstream IP trunking service—1 of 2 
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Route Pattern to MTS Allstream IP trunking service—2 of 2 
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Translation Patterns—1 of 1 
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Translation Pattern for Local Phones—1 of 1 



 

 
© 2008 Cisco Systems, Inc. All rights reserved.  

Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com. 
Page 28 of 70 

 

 

Phones 

IP Phones 



 

 
© 2008 Cisco Systems, Inc. All rights reserved.  

Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com. 
Page 29 of 70 

 

 

IP Phone A—1 of 4 
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IP Phone A—2 of 4 
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IP Phone A—3 of 4 
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IP Phone A—4 of 4 
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Line 1 on IP Phone A—1 of 3 
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Line 1 on IP Phone A—2 of 3 
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Line 1 on IP Phone A—3 of 3 
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IP Phone B—1 of 5 
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IP Phone B—2 of 5 
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IP Phone B—3 of 5 
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IP Phone B—4 of 5 
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IP Phone B—5 of 5 
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Line 1 on IP Phone B—1 of 4 
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Line 1 on IP Phone B—2 of 4 
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Line 1 on IP Phone B—3 of 4 
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Line 1 on IP Phone B—4 of 4 
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Phone C (Cisco IP Communicator) Desktop Appearance—1 of 1 

Note:  The line number on the CIPC phone matched that of Phone B for teleworking. 
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Phone C (Cisco IP Communicator)—1 of 4 
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Phone C (Cisco IP Communicator)—2 of 4 
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Phone C (Cisco IP Communicator)—3 of 4 
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Phone C (Cisco IP Communicator)—4 of 4 
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Line 1 on Phone C (Cisco IP Communicator)—1 of 4 

Note:  The line number on the CIPC phone matched that of Phone B for teleworking. 
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Line 1 on Phone C (Cisco IP Communicator)—2 of 4 
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Line 1 on Phone C (Cisco IP Communicator)—3 of 4 
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Line 1 on Phone C (Cisco IP Communicator)—4 of 4 
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Media Resources 

Media Resource Group List—1 of 1 
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Media Resource Group—1 of 1 
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Conference Bridge Resource—1 of 1 
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Media Termination Point—1 of 1 
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MoH—1 of 3 
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MoH—2 of 3 
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MoH—3 of 3 
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Hunt Group 

Line Group—1 of 2 

Note:  The DID numbers from the MTS Allstream IP trunking service were 778-372-0050 and 778-372-0052. In order to test ACD, these 

numbers were reserved for hunt pilots, and the numbers on phones A and B were changed to 778-372-0051 and 778-372-0053. That is why 

778-372-0051 and 778-372-0053 appear as selected DNs below. 
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Line Group—2 of 2 

Note:  The DID numbers from the MTS Allstream IP trunking service were 778-372-0050 and 778-372-0052. In order to test ACD, these 

numbers were reserved for hunt pilots, and the numbers on phones A and B were changed to 778-372-0051 and 778-372-0053. That is why 

778-372-0051 and 778-372-0053 appear as selected DNs below. 
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Hunt List—1 of 1 
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Hunt Pilot—1 of 2 

Note:  The DID numbers from the MTS Allstream IP trunking service were 778-372-0050 and 778-372-0052. In order to test ACD, these 

numbers were reserved for hunt pilots, and the numbers on phones A and B were changed to 778-372-0051 and 778-372-0053. That is why 

778-372-0050 appears as hunt pilot below. 
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Hunt Pilot—2 of 2 
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Call Park Feature 

Call Park Number Configuration—1 of 1 
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CLIR Feature 

CLIR Configuration on Route Pattern to MTS Allstream IP trunking service—1 of 1 
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Acronym  Definition 

ACD automatic call distributor 

CLIP Calling Line Identification Presentation 

CLIR Calling Line Identification Restriction 

CUBE Cisco Unified Border Element 

ISP Internet Service Provider 

PSTN Public Switched Telephone Network 

SIP Session Initiation Protocol 

TDM time-division multiplexing 
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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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