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Router (config) #voice service voip
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AUSNML-3825-01#show run
Building configuration...

Current configuration : 8634 bytes

!

version 12.4

service timestamps debug datetime msec
service timestamps log datetime msec
no service password-encryption

!

hostname AUSNML-3825-01

!

boot-start-marker

boot-end-marker

!

enable secret 5 $1$VBULlSMCMGlrXM5ejME8Wap6WOH1
!

no aaa new-model

clock timezone central -8

clock summer-time central recurring

ip cef

!

!-—-— DHCP Configuration --- ip dhcp pool Voice network 172.22.100.0 255.255.255.0 option 150 ip 172.22.
default-router 172.22.100.1 ! ip dhcp pool Data network 172.22.101.0 255.255.255.0 option 150 ip 172.22
default-router 172.22.101.1 ! ! ip domain name cisco.com ip name-server 205.152.0.20 multilink bundle-n
authenticated ! voice-card 0 no dspfarm ! ! ! ! /-—-—- Voice Class and Service VoIP Configuration --- voi
service voip allow-connections sip to sip no supplementary-service sip moved-temporarily !---Disable 30
sending no supplementary-service sip refer !/---Disable REFER sending sip registrar server expires max 3

min 3600 localhost dns:domain.test.com ! ! voice class codec 1 codec preference 1 g7l1lulaw ! ! ! ' I 1



! | I-—-- Voice Translation Rules --- voice translation-rule 1 rule 1 /5123781291/ /601/ !--- An inbound
for AA pilot "601 rule 2 /5123781290/ /600/ !--- An inbound rule for the voicemail pilot "600" ! voice
translation-rule 2 rule 1 /7911s/ /911/ !--- An outbound rule to allow "911" rule 2 /"9\(.*\)/ /\1/ !I--
outbound rule to strip "9" from PSTN calls ! voice translation-rule 3 rule 1 /*.*/ /5123781291/ !--- An
outbound rule to change calling-number CLID to a

!-—- "main" number ! voice translation-rule 4 rule 1 /"9(....... )$/ /512\1/ !--- An outbound rule to ad
areacode for local calls rule 2 /600/ /5123788000/ !--- An outbound rule to present the voicemail pilot
extension as DID rule 3 /601/ /5123788001/ !--- An outbound rule to present the AA pilot extension as D
rule 4 /"2(..)$/ /51237812\1/ !--- An outbound rule to support transfers and call-forwards rule 5 /"9(.
/\1/ !--- An outbound rule to strip "9" from "9+" transfers and call-forwards ! ! voice translation-pro
CUE_Voicemail /AutoAttendant !--- Applied to the inbound dial-peers for CUE translate called 1 ! voice
translation-profile PSTN_CallForwarding !--- Applied to CUE dial-peers translate redirect-target 4 tran
redirect-called 4 ! voice translation-profile PSTN_Outgoing !--- Applied to all outbound dial-peers tra
calling 3 translate called 2 translate redirect-target 4 translate redirect-called 4 ! ! ! ! | | | vlan
internal allocation policy ascending ! ! ! | I/--- Internet Connection Configuration --- interface
GigabitEthernet0/0 no ip address duplex auto speed auto media-type rj45 no keepalive ! interface
GigabitEthernet0/0.1 encapsulation dotlQ 1 native ip address 172.22.1.71 255.255.255.0 ! interface
GigabitEthernet0/0.20 encapsulation dotlQ 20 ip address 172.22.101.1 255.255.255.0 ! interface
GigabitEthernet0/0.100 encapsulation dotlQ 100 ip address 172.22.100.1 255.255.255.0 ! interface
GigabitEthernet0/1 no ip address shutdown duplex auto speed auto media-type rj45 no keepalive ! interfa
Service-Enginel/0 ip unnumbered GigabitEthernet0/0.1 service-module ip address 172.22.1.253 255.255.255
service-module ip default-gateway 172.22.1.71 ! ip route 0.0.0.0 0.0.0.0 172.22.1.1 ip route 172.22.1.2
255.255.255.255 Service-Enginel/0 ! ! ip http server no ip http secure-server ! ! ! [--- TFTP Server
Configuration --- tftp-server flash:P0030702T023.bin tftp-server flash:P0030702T023.loads tftp-server
flash:P0030702T023.sb2 tftp-server flash:P0030702T023.sbn ! control-plane ! ! ! ! ' ' | I——— STP Trunk
Configuration --- dial-peer voice 1 voip description **Incoming Call from SIP Trunk** translation-profi
incoming CUE_Voicemail/AutoAttendant voice-class codec 1 voice-class sip dtmf-relay force rtp-nte sessi
protocol sipv2 session target sip-server incoming called-number .% dtmf-relay rtp-nte no vad ! ! ! dial
voice 2 voip description **Outgoing Call to SIP Trunk** translation-profile outgoing PSTN_Outgoing
destination-pattern 9........ voice-class codec 1 voice-class sip dtmf-relay force rtp-nte session prot
sipv2 session target sip-server dtmf-relay rtp-nte no vad ! ! ! dial-peer voice 3 voip description **Ou
Call to SIP Trunk** translation-profile outgoing PSTN_Outgoing destination-pattern 9[2-9]..[2-9]......
class codec 1 voice-class sip dtmf-relay force rtp-nte session protocol sipv2 session target sip-server
relay rtp-nte no vad ! ! ! dial-peer voice 4 voip description **Outgoing Call to SIP Trunk** translatio
profile outgoing PSTN_Outgoing destination-pattern 9[0-1]1[2-9]1..[2-9]...... voice-class codec 1 voice-c
sip dtmf-relay force rtp-nte session protocol sipv2 session target sip-server dtmf-relay rtp-nte no vad
dial-peer voice 5 voip description **911 Outgoing Call to SIP Trunk** translation-profile outgoing
PSTN_Outgoing destination-pattern 911 voice-class codec 1 voice-class sip dtmf-relay force rtp-nte sess
protocol sipv2 session target sip-server dtmf-relay rtp-nte no vad ! ! ! dial-peer voice 6 voip descrip
**Emergency Outgoing Call to SIP Trunk** translation-profile outgoing PSTN_Outgoing destination-pattern
voice-class codec 1 voice-class sip dtmf-relay force rtp-nte session protocol sipv2 session target sip-
dtmf-relay rtp-nte no vad ! ! ! dial-peer voice 7 voip description **911/411 Outgoing Call to SIP Trunk
translation-profile outgoing PSTN_Outgoing destination-pattern 9[2-9]11 voice-class codec 1 voice-class
dtmf-relay force rtp-nte session protocol sipv2 session target sip-server dtmf-relay rtp-nte no vad ! !
dial-peer voice 8 voip description **International Outgoing Call to SIP Trunk** translation-profile out
PSTN_Outgoing destination-pattern 9011T voice-class codec 1 voice-class sip dtmf-relay force rtp-nte se
protocol sipv2 session target sip-server dtmf-relay rtp-nte no vad ! ! ! dial-peer voice 9 voip descrip
**Star Code to SIP Trunk** destination-pattern *.. voice-class codec 1 voice-class sip dtmf-relay force
nte session protocol sipv2 session target sip-server dtmf-relay rtp-nte no vad ! ! ! !--- Voicemail
Configuration --- dial-peer voice 10 voip description **CUE Voicemail** translation-profile outgoing
PSTN_CallForwarding destination-pattern 600 b2bua !--- Used by CME to send its IP address to SP proxy 1
of CUE session protocol sipv2 session target ipv4:172.22.1.155 dtmf-relay sip-notify !--- This can also
RFC2833 going to CUE codec g7l1lulaw !--- CUE only supports G7llulaw as the codec no vad !--- With VAD
enabled, messages left on CUE could be blank or poor quality ! ! ! dial-peer voice 11 voip description
Auto Attendant** translation-profile outgoing PSTN_CallForwarding destination-pattern 601 b2bua session
protocol sipv2 session target ipv4:172.22.1.155 dtmf-relay sip-notify codec g7llulaw no vad ! ! !--- ST
Configuration --- sip-ua authentication username 5123781000 password 075A701E1D5E415447425B no remote-p
id retry invite 2 retry register 10 retry options 0 timers connect 100 registrar dns:domain.test.com ex
3600 sip-server dns:domain.test.com host-registrar ! ! !--- CME Telephony Service Configuration ---
telephony-service no auto-reg-ephone load 7960-7940 P0030702T023 max-ephones 168 max-dn 500 ip source-a
172.22.1.107 port 2000 calling-number initiator !--- Preserves the caller-id of a call when transferred
forwarded dialplan-pattern 1 51237812.. extension-length 3 extension-pattern 2.. no-reg voicemail 600 m
conferences 12 gain -6 call-forward pattern .T call-forward system redirecting-expanded !--- Enables
translation rule features for call-forwarding moh music-on-hold.au transfer-system full-consult dss tra



pattern 9.T secondary-dialtone 9 create cnf-files version-stamp Jan 01 2002 00:00:00 ! ! !/--- Ephone an

Ephone-dn Configuration --- ephone-dn 11 dual-line number 201 secondary 5123781201 no-reg both !/---"no-
both" means do not try to register either extension with SP SIP Proxy name John Smith call-forward busy
call-forward noan 600 timeout 15 ! ! ephone-dn 12 dual-line number 202 secondary 5123781202 no-reg both
Enrique Zurita call-forward busy 600 call-forward noan 600 timeout 15 ! ! ephone-dn 13 number 512378800
description **DID Number for Voicemail** ! | ephone-dn 14 number 5123788001 description **DID Number fo
Attendant* ! ! ephone-dn 15 number 8000... no-reg primary mwi on ! ! ephone-dn 16 number 8001... no-reg
primary mwi off ! ! ephone 1 mac-address 0008.A371.28E9 type 7960 button 1:11 ! ! ! ephone 2 mac-addres
0008.A346.5C7F type 7960 button 1:12 ! ! ! ! line con 0 stopbits 1 line aux 0 stopbits 1 line 66 no

activation-character no exec transport preferred none transport input all transport output pad telnet r
lapb-ta mop udptn v120 ssh line vty 0 4 password ut69coe login ! scheduler allocate 20000 1000 ntp serv
172.22.1.107 ! end

2} E{ - CUE Z41|2dy o]
se-172-22-1-253#show run

Generating configuration:

clock timezone America/Chicago
hostname se-172-22-1-253

ip domain-name localdomain

groupname Administrators create
groupname Broadcasters create

!--- Users --- username Enrique create username John create username Enrigque phonenumberE164 "512378120
username John phonenumberEl164 "5123781201" username Enrigque phonenumber "202" username John phonenumber
!--— AutoAttendant --- ccn application autoattendant description "**AutoAttendant**" enabled maxsession
script "aa.aef" parameter "busOpenPrompt" "AABusinessOpen.wav" parameter "operExtn" "601" parameter
"welcomePrompt" "AAWelcome.wav" parameter "disconnectAfterMenu" "false" parameter "busClosedPrompt"
"AABusinessClosed.wav" parameter "allowExternalTransfers" "false" parameter "holidayPrompt"
"AAHolidayPrompt.wav" parameter "businessSchedule" "systemschedule" parameter "MaxRetry" "3" end applic
l-—— MWI --- ccn application ciscomwiapplication description "ciscomwiapplication" enabled maxsessions
script "setmwi.aef" parameter "CallControlGroupID" "0" parameter "strMWI_OFF_DN" "8001" parameter
"strMWI_ON_DN" "8000" end application !--- Voicemail --- ccn application voicemail description
"**Voicemail**" enabled maxsessions 4 script "voicebrowser.aef" parameter "uri"
"http://localhost/voicemail/vxmlscripts/login.vxml" parameter "logoutUri"

"http://localhost/voicemail /vxmlscripts/mbxLogout.jsp" end application !/--- SIP --- ccn subsystem sip g
address "172.22.100.1" !--- Must match the "ip source-address" in telephony-service dtmf-relay sip-noti
sip outcall !--- Subscribe / Notify and Unsolicited Notify have not been tested transfer-mode blind bye
!--- Testing with REFER method on CUE has caused certain call flows to break end subsystem !--- Trigger
Phones --- ccn trigger sip phonenumber 600 application "voicemail" enabled maxsessions 4 end trigger cc
trigger sip phonenumber 601 application "autoattendant" enabled maxsessions 4 end trigger service phone
authentication end phone-authentication service voiceview enable end voiceview !--- Voicemail Mailboxes
voicemail default mailboxsize 21120 voicemail broadcast recording time 300 voicemail mailbox owner "Enr
size 300 description "**Enrique_Mailbox**" expiration time 10 messagesize 120 end mailbox voicemail mai
owner "John" size 300 description "**John'sMailbox**" expiration time 10 messagesize 120 end mailbox en

AR

!--- Interface Connected to CME/CUE Router --- interface FastEthernet0/2 description Trunk to 3825 swit
trunk encapsulation dotlg switchport mode trunk no ip address duplex full speed 100 !/--- Interfaces Con
to the IP Phones --- interface FastEthernet0/7 switchport trunk encapsulation dotlg switchport trunk na
vlan 20 !--- Data Traffic --- switchport mode trunk switchport voice vlan 100 !/--- Voice Traffic --- no
address spanning-tree portfast interface FastEthernet0/8 switchport trunk encapsulation dotlg switchpor
trunk native vlan 20 switchport mode trunk switchport voice vlan 100 no ip address spanning-tree portfa
- IP Address --- interface Vlanl ip address 172.22.1.194 255.255.255.0 ! ip classless ip route 0.0.0.0
0.0.0.0 172.22.1.1 ip http server
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- show sip-ua register status - 0| &2 Al&35104 SIP HO|E|0[7} £
St E164 HEO| HEHE EA[EfLICH
- debug ccsip message - SIP UAC(user-agent client)2t M A MH ZHol n&tz|ls 2o e 2
£ SIP SPI HIA|X| &g & 835tefLct.

S 4™ A sl

SIPEHIE S8 £ 24l 612 WH2 7|1EXMoZ At SIP GW 2! CME 2A| s 2ol AF8 st
BH¥a SUELct.
EA BH:
- show ephone registered - M3} S5 & QI&L|C|.
- show voip rtp connection - 224 & ¥4 AIEXQIE D50 CHE RTP HHE O[HE m{Z(04:
caller-ID ¥13, IP T4 L ZE)of it HEE _.-‘?_A|°"L,||:|-
- show sip-ua call - SIP S3}0 CHEH &4 UAC L UAS(AHE X} H|0|ME MH) HEE EAIEL
Ct.
- show call active voice brief - 12 21 S S8 LE= WA ME0| CHet 4 S5t WEE &
AlgrLct.
ClH .

- debug ccsip message - SIP UAC2 HAM|A M ZHol| Z8tE|E 240 ZH2 2 E SIP SPI HIAIX]
Mg ggstetuct

= =

- debug voip ccapi inout - ZZ X|0{ APIE S35l A% BZE FHEFILICH.

- debug voice translation - 48 #%|0| 7|s 2 & QIELICt.

- debug ephone detail mac-address <mac of phone> - Cisco |IP Phone0i| CHEH 4 Al C|HHZ 2 A
x{3tL|C}.

- debug voip rtp session named-events - RTP(Real-Time Transport Protocol) W El O|HIE mj
Zloj| CHEt ClHE 2 &8sttt

- debug sccp message - SCCP M|A|X|2| A|ZAE E AIEFLICH.
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