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AUSNML- 3825- 01#show run
Bui | di ng configuration...

Current configuration : 8634 bytes

!

version 12.4

service timestanps debug datetine nsec
service timestanps | og datetime nsec
no service password-encryption

!

host nane AUSNM.- 3825-01

!

boot - start - mar ker

boot - end- mar ker
!



enabl e secret 5 $1$vBUL$MCMGLr XVbej MESWAP6EWH1

I

no aaa new nodel

clock tinmezone central -8

clock sumer-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.comip name-server 205.152.0.20 nultilink bundle-n
authenticated ! voice-card 0 no dspfarm! ! | I /--- Voice Class and Service VoIP Configuration --- VOI
service voip allow connections sip to sip no supplenmentary-service sip noved-tenporarily !---Disable 30
sending no suppl ementary-service sip refer !---Disable REFER sending Sip registrar server expires max 3
m n 3600 | ocal host dns:domain.test.com! ! voice class codec 1 codec preference 1 g71lulaw! ! I 1 |

I' I 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 /7911%/ /911/ !--- An outbound rule to allow "911" rule 2 ["9\(.*\)/ /\1/ !--
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 /79(....... )$/ /512\1/ !--- An outbound rule to ad
areacode for local calls rule 2 /600/ /5123788000/ !--- An outbound rule to present the voicemail pilot
extension as DID rule 3 /601/ /5123788001/ !--- An outbound rule to present the AA pilot extension as D
rule 4 /72(..)$/ /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 Voi cenmi | / Aut oAttendant !--- Applied to the inbound dial-peers for CUE translate called 1 ! voice
transl ation-profile PSTN Cal | Forwarding !--- Applied to CUE dial-peers translate redirect-target 4 tran
redirect-called 4 ! voice translation-profile PSTN Qutgoing !--- Applied to all outbound dial-peers tra
calling 3 translate called 2 translate redirect-target 4 translate redirect-called 4! I 1 I 1 1 1 vlan
internal allocation policy ascending ! ! | | /--- TInternet Connection Configuration --- interface

G gabitEthernet0/0 no i p address duplex auto speed auto nedia-type rj45 no keepalive ! interface

G gabitEthernet 0/ 0.1 encapsul ation dot1Q 1 native ip address 172.22.1.71 255.255.255.0 ! interface

G gabi t Et hernet 0/ 0. 20 encapsul ati on dot1Q 20 ip address 172.22.101.1 255.255.255.0 ! interface

G gabi t Et hernet 0/ 0. 100 encapsul ati on dot1Q 100 ip address 172.22.100.1 255.255.255.0 ! interface

G gabitEthernet0/1 no i p address shutdown duplex auto speed auto medi a-type rj45 no keepalive ! interfa
Servi ce-Engi nel/0 ip unnunbered G gabitEthernet0/0.1 service-nodule ip address 172.22.1.253 255. 255. 255
service-nmodul e 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: PO030702T023.bin tftp-server flash: P0O030702T023.10ads tftp-server

fl ash: PO030702T023. sh2 tftp-server flash: P0030702T023.sbn ! control-plane ! ! I I I I | /-—— STP Trunk
Configuration --- dial -peer voice 1 voip description **Inconming Call from SIP Trunk** transl ati on- pr of

i ncom ng CUE Voi cemai | / Aut oAt t endant voi ce-cl ass codec 1 voice-class sip dtnf-relay force rtp-nte sessi
protocol sipv2 session target sip-server incomng called-number .%dtnf-relay rtp-nte novad ! ! ! dia
voi ce 2 voip description **Qutgoing Call to SIP Trunk** translation-profile outgoing PSTN Qut goi ng
destination-pattern 9........ voi ce-cl ass codec 1 voice-class sip dtnf-relay force rtp-nte session prot
si pv2 session target sip-server dtnf-relay rtp-nte no vad ! ! | dial-peer voice 3 voip description **Cu
Call to SIP Trunk** translation-profile outgoing PSTN _CQutgoing destination-pattern 9[2-9]..[2-9]......
cl ass codec 1 voice-class sip dtnf-relay force rtp-nte session protocol sipv2 session target sip-server
relay rtp-nte no vad ! ! ! dial-peer voice 4 voip description **Qutgoing Call to SIP Trunk** translatio
profile outgoing PSTN Qutgoi ng destination-pattern 9[0-1][2-9]..[2-9]...... voi ce-cl ass codec 1 voice-c
sip dtnf-relay force rtp-nte session protocol sipv2 session target sip-server ditnf-relay rtp-nte no vad
di al - peer voice 5 voip description **911 Qutgoing Call to SIP Trunk** translation-profile outgoing
PSTN_Cut goi ng destination-pattern 911 voi ce-class codec 1 voice-class sip dtnf-relay force rtp-nte sess
protocol sipv2 session target sip-server dtnf-relay rtp-nte no vad ! ! ! dial-peer voice 6 voip descrip
**Emer gency Qutgoing Call to SIP Trunk** translation-profile outgoing PSTN_Cutgoing destination-pattern
voi ce-cl ass codec 1 voice-class sip dtnf-relay force rtp-nte session protocol sipv2 session target sip-
dtnf-relay rtp-nte no vad ! ! | dial-peer voice 7 voip description **911/411 Qutgoing Call to SIP Trunk
transl ation-profile outgoing PSTN Qutgoing destination-pattern 9[2-9]11 voi ce-cl ass codec 1 voice-cl ass
dtnf-relay force rtp-nte session protocol sipv2 session target sip-server ditnf-relay rtp-nte no vad !

di al - peer voice 8 voip description **International Qutgoing Call to SIP Trunk** translation-profile out
PSTN_Cut goi ng destination-pattern 9011T voi ce-class codec 1 voice-class sip dtnf-relay force rtp-nte se

protocol sipv2 session target sip-server dtnf-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 dtnf-relay force
nte session protocol sipv2 session target sip-server ditnf-relay rtp-nte novad ! ! ! /-—- Voicemail

Configuration --- dial -peer voice 10 voip description **CUE Voi cemail ** translation-profile outgoing



PSTN_Cal | Forwar di ng destination-pattern 600 b2bua !--- Used by CME to send its IP address to SP proxy i
of CUE session protocol sipv2 session target ipv4:172.22.1.155 dtnf-relay sip-notify !/--- This can also
RFC2833 going to CUE codec g71lul aw !--- CUE only supports G7llulaw as the codec no vad !--- With VAD
enabled, messages left on CUE could be blank or poor gquality ! ! | dial-peer voice 11 voip description
Auto Attendant** translation-profile outgoing PSTN Cal |l Forwardi ng destination-pattern 601 b2bua session
protocol sipv2 session target ipv4:172.22.1.155 dtnf-relay sip-notify codec g71lulaw no vad ! ! /--- ST
Configuration --- Sip-ua authentication usernane 5123781000 password 075A701E1D5E415447425B no renote-p
idretry invite 2 retry register 10 retry options O timers connect 100 registrar dns:domain.test.com ex
3600 si p-server dns:domain.test.comhost-registrar ! | /--- CME Telephony Service Configuration ---

t el ephony-servi ce no auto-reg-ephone | oad 7960- 7940 P0030702T023 nax- ephones 168 max-dn 500 ip source-a
172.22.1.107 port 2000 cal ling-nunmber initiator !--- Preserves the caller-id of a call when transferred
forwarded di al pl an-pattern 1 51237812.. extension-length 3 extension-pattern 2.. no-reg voicemail 600 m
conferences 12 gain -6 call-forward pattern . T call-forward systemredirecting-expanded !--- Enables
translation rule features for call-forwarding noh nusic-on-hol d.au transfer-systemfull-consult dss tra
pattern 9. T secondary-dialtone 9 create cnf-files version-stanp Jan 01 2002 00:00: 00 ! ! /--- Ephone an
Ephone-dn Configuration --- ephone-dn 11 dual -1ine nunmber 201 secondary 5123781201 no-reg both !---"no-
both" means do not try to register either extension with SP SIP Proxy hame John Smith call-forward busy
call-forward noan 600 tinmeout 15 ! ! ephone-dn 12 dual -1ine number 202 secondary 5123781202 no-reg both
Enrique Zurita call-forward busy 600 call-forward noan 600 tinmeout 15 ! ! ephone-dn 13 nunber 512378800
description **DI D Nunber for Voicenmail** | | ephone-dn 14 nunber 5123788001 description **DI D Nunber fo
Attendant* ! ! ephone-dn 15 nunber 8000... no-reg primary mM on ! ! ephone-dn 16 nunber 8001... no-reg
primary mnvi off I | ephone 1 mac-address 0008. A371. 28E9 type 7960 button 1:11 ! ! | ephone 2 mac-addres
0008. A346. 5C7F type 7960 button 1:12 ! I I I [ine con O stopbits 1 line aux O stopbits 1 line 66 no
activation-character no exec transport preferred none transport input all transport output pad telnet r
| apb-ta nmop udptn v120 ssh line vty 0 4 password ut69coe login ! schedul er allocate 20000 1000 ntp serv
172.22.1.107 ! end

M8 -CUE R

se-172-22-1- 253#show run

Generating configuration

clock tinmezone Anerical Chi cago
host nane se-172-22-1-253

i p domai n-nane | ocal donmi n

groupnanme Adm nistrators create
groupnane Broadcasters create

I--- Users --- usernane Enrique create username John create usernane Enrique phonenunber E164 "512378120
user nane John phonenunber E164 "5123781201" usernane Enrique phonenunmber "202" username John phonenunber
!--- AutoAttendant --- ccn application autoattendant description "**AutoAttendant**" enabl ed maxsessi on

script "aa.aef" paraneter "busOpenPronpt" "AABusi nessOpen.wav" paraneter "oper Extn" "601" paraneter
"wel conePronpt"” "AAWel cone. wav" paraneter "di sconnect AfterMenu" "fal se" paraneter "busC osedPronpt”

" AABusi nessC osed. wav" paraneter "all owExternal Transfers" "fal se" paraneter "holidayPronmpt"
"AAHol i dayPr onpt . wav" paranmeter "busi nessSchedul e" "systenschedul e" paraneter "MaxRetry" "3" end applic

!-—-- MwWI --- ccn application ciscomni application description "ciscomn application" enabl ed nmaxsessi ons
script "setmui.aef" paraneter "Call Control Groupl D' "0" paraneter "strMA_OFF _DN' "8001" paraneter
"str MW _ON_DN' "8000" end application !--- Voicemail --- ccn application voicenmail description

"**\oi cemai | **" enabl ed naxsessions 4 script "voi cebrowser.aef" paraneter "uri"

"http://1ocal host/voicemail/vxm scripts/login.vxm" paraneter "logoutUri"

"http://1ocal host/voicemail/vxm scri pts/ nmbxLogout.jsp" end application /--- SIP --- ccn subsystemsip g
address "172.22.100.1" !--- Must match the "ip source-address" in telephony-service dtnf-relay sip-noti
sip outcall !--- Subscribe / Notify and Unsolicited Notify have not been tested transfer-node blind bye
!--- Testing with REFER method on CUE has caused certain call flows to break end subsystem !--- Trigger
Phones --- ccn trigger sip phonenunber 600 application "voicemail" enabl ed nmaxsessions 4 end trigger cc
trigger sip phonenunber 601 application "autoattendant"” enabl ed maxsessions 4 end trigger service phone
aut henti cati on end phone-authentication service voi ceview enabl e end voi ceview !--- Voicemail Mailboxes
voi cemai | default mail boxsize 21120 voi cemai| broadcast recording tine 300 voicenail mail box owner "Enr



size 300 description "**Enrique_Mail box**" expiration tine 10 messagesi ze 120 end mail box voi cemail mai
owner "John" size 300 description "**John' sMail box**" expiration tinme 10 nessagesi ze 120 end mmil box en

R ER

!--- Interface Connected to CME/CUE Router --- interface FastEthernet0/2 description Trunk to 3825 swit
trunk encapsul ati on dot1g switchport nbde trunk no ip address duplex full speed 100 !--- Interfaces Con
to the IP Phones --- interface FastEthernetO0/7 sw tchport trunk encapsul ati on dot1lq sw tchport trunk na
vlan 20 !--- Data Traffic --- switchport mode trunk switchport voice vlan 100 !--- Voice Traffic --- no
address spanning-tree portfast interface FastEthernet0/8 swi tchport trunk encapsul ati on dotl1lq sw tchpor
trunk native vlan 20 switchport node trunk switchport voice vlian 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

L4

S A AUATHREENRIETRE,

B HE R

AE RN EE WA TN E B THEDER.

BER CLI 288 (ERATEMEF ) ZIFFELE show v d. EEEX show T HHN DT,
5 BR CLI 24788,

ER : EEMAdebug B2 B . HSMEXDebugh FHEBRREL.
HAGERR R IC

¥ CME LY SIP T EHREEFERA — LA T 10S SIP GW HEHERRF CME HEHRN TS
o BFALUTHSRELRY DN 2E5E:M -

. show sip-ua register status — A It a5 5 7 & RSIPM X @A ESIPEM S EMIVE. 164555
HPIRZS .

- debug ccsip message — B FAFTESIP SPEERER , AIMESIPAFREEFiH(UAC)FEA
AR %528 2 B RIRMYSIP SPITE B R ERo

WP AL O e R B PR

RTXER SIP KR L3 THESRA B TSR TEM SIP GW M CME #ESEBRN G T ER
ME,.

ERBP:

- show ephone registered — R ifephone i fifto
- show voip rtp connection -E REXRTPHEEHHEINER |, flR b RZRELHBEW S
ID&., IP#zutFiwOa,
. show sip-ua call — £ R B XxSIPFILKEZHUACH AP KBRS R (UAS)E 2.
. show call active voice brief — & 7R IE 73 1THYiE L OU 42 EE MY SE 3 HEIE 2.
WiRH :
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- debug ccsip message — /g FiIFTESIP SPEEIRER |, AlINTESIP UACHI A RS 85 2 8] R iR
#SIP SPIE B IR ERo

- debug voip ccapi inout — &3 FE AL 2 HIAPIER BRI 1T BE 2R

- debug voice translation — ¥ &35 H NI K ThEE,

- debug ephone detail mac-address<mac of phone> -i%&Cisco IPE &1 A1,

. debug voip rtp session named-events — 3 i KRR I MU(RTP) fn & EHBTESHEE,

- debug sccp message -& .RSCCPJE R Wi fF o

HXRfER

. Cisco Unified Communications Manager Express RS & {55
. Cisco Unity Express 2.3 ZEMARIERS

. HE MU Cisco Unified CallManager Express &

- BEERZE

- BENS—BEmRXE

. Cisco IP B iE I EEHE R

- ERZFHN X H - Cisco Systems
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