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All information in this document is for example purposes only and was created from the devices in a specific lab 

environment. All of the devices used in this document started with a cleared (default) configuration. If your 

network is live, make sure that you understand the potential impact of any command. For actual parameters for your 

SIP trunk, please refer to your SIP Configuration sheet (provided with all VoiceFlex SIP trunks) for all usernames, 

passwords, IP addresses and settings relevant to each trunk. This can be downloaded from the VoiceFlex web-portal or 

requested from the support team. Configuration of VoiceFlex SIP trunks on these devices should be undertaken only by 

technicians trained in, and familiar with, the Cisco System. 

 

For your network settings, we assume that you already define port forwarding for UDP 5060 on your Firewall/Router. 

If your system doesn’t allow activating port forwarding then please consult Voiceflex support team for possible 

options which can solve your problem.   

Sample SIP Configuration Parameters 

SIP User: 8449999 

Password:  147369 

SIP Proxy / Registrar: sip11.voiceflex.com / 93.95.124.7  

!!! You can use either URL: sip11.voiceflex.com or IP: 93.95.124.7 based on your configuration 

SIP Voice Service Configuration 

The voice service configuration mode is used for voice-related commands that affect the entire gateway. Enter this 

mode by issuing the voice service voip 

You can enter the SIP sub mode with the sip command from voice service mode. You can set the source IP address for 

control signalling or media, or both and also several SIP-specific configurations from this mode. 

 

Router#conf t 

Enter configuration commands, one per line.  End with CNTL/Z. 

Router(config)#voice service voip 

Router(conf-voi-serv)#allow-connections sip to sip 

Router(conf-voi-serv)#sip 
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Router(conf-serv-sip)#bind control source-interface <source-interface> 

Router(conf-serv-sip)#bind media source-interface <source-interface> 

<source-interface> should be your WAN or any other interface which has a IP access to voiceflex SIP trunk. 

 

Use the authentication command in SIP UA configuration mode to configure authentication of endpoints on a Cisco IOS 

SIP gateway to multiple registrars.  

 

Use the credentials command in SIP UA configuration mode to configure registration requests sent from your sip 

gateway to multiple registrars on a SIP trunk. 

 

Router(config)#sip-ua 

Router(config-sip-ua)# credentials username 8449999 password 147369 realm voiceflex 

Router(config-sip-ua)# authentication username 8449999 password 147369 realm voiceflex 

Router(config-sip-ua)# retry invite 2 

Router(config-sip-ua)# retry register 5 

Router(config-sip-ua)# registrar ipv4:93.95.124.7 expires 600 

Router(config-sip-ua)# sip-server ipv4:93.95.124.7:5060 

Router(config-sip-ua)#  host-registrar  host-registrar 

 

In case using URL, you should put the following command instead of ipv4 version which is bold-blue above. 

 registrar dns: sip11.voiceflex.com expires 3600 

 sip-server dns: sip11.voiceflex.com 

 

You should also disable sip E.164 registration either under ephone-dn in case of Call Manager express or POTS dial-

peer on your router.  
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// If you have multiple ephone-dn’s , you should put no-reg both each of them individually 

 

ephone-dn  XYZ 

 number <extension, DDI-Number> no-reg both 

 

// If you have multiple pots dialpeer, you should put no sip-register each of them individually 

 

dial-peer voice X pots 

 destination-pattern XXXXXXX 

 port 0/4/0 

 no sip-register 

 

// You should set the following codec under your Voiceflex SIP Trunk 

 

voice class codec 1 

 codec preference 1 g711ulaw 

 codec preference 2 g711alaw 

 codec preference 3 g729r8 

 

// Sample dial-peer configuration for outgoing calls, some of the parameter can be change based on customer call 

routing parameters. 
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dial-peer voice 10 voip 

 destination-pattern .T    !!! Please, be careful to use “ .T ”. This line effects your call routing. 

 voice-class codec 1 

 session protocol sipv2 

 session target sip-server 

 dtmf-relay rtp-nte 

 no vad 

 

 

 

If you need digit manipulation for your outgoing/incoming calls you should visit the following link for further 

information: http://www.cisco.com/en/US/tech/tk652/tk90/technologies_tech_note09186a0080325e8e.shtml 

For Verifying and Troubleshooting SIP Trunk: 

http://www.cisco.com/en/US/docs/ios/12_3/sip/configuration/guide/trouble.html 


