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Introduction

Service Providers today, such as Verizon, areiafjeslternative methods to connect to the PSTNhadr IP network. Most of these services utilizB &s the primary
signaling method and a centralized IP to TDM gatetogprovide on-net and off-net services. VerizlP Trunking service is an SP offering that all@esanection to
the PSTN and may offer the end customer a viabderaitive to traditional PSTN connectivity via @ttAnalog or T1 lines. A demarcation device befwthese
services and customer owned services is recommentea Cisco Unified Border Element provides deraon, security, interworking and session managémen
services.

»  This application note describes how to configufgisco Unified Communications Manager (CUCM) 6.1ithva Cisco Unified Border Element (CUBE) for

connectivity to Verizon’s SIP trunk service. Thepblsyment model covered in this application not€RE (CUCM6.1.2/CUBE) to PSTN via the Verizon IP
Trunking Service

» Testing was performed in accordance with the tiest for the Verizon IP trunking service, and alitieres were verified.

«  Although this document does not detail the resafithe testing performed it provides the essectiahmands required for interoperability between
CUCM/CUBE and the Verizon IP Trunking Service.
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Figure 1 1P Trunking Lab Network
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System Components
Hardware Components
» Cisco CUBE 1.2 (IOS image version 12.4(20)T oerpt

» Cisco Unified Border Element is an integrated CikB8 Software application that runs on various [8forms, follow the link for more details:
http://www.cisco.com/go/cube

» Packet Voice Data Module (PVDM). You will need tstall DSP modules (PVYDM) on CUBE if you require RTTranscoding or Conference Bridge resources
for codecs other than G.711.

e« CUCM cluster with (2) Cisco MCS 7800 Series sef@sco Unified Communications Manager)

e Cisco IP Phones
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«  Cisco ATA186 device (only needed for FAX, modemanalog phones)
Software Requirements
« Cisco Unified Call Manager 6.1.2.1000-13 (6.1(2))
» Cisco Unified Border Element CUBE version 1.2 $l@ersion 12.4(20)T or later. Advanced IP Servfeasure set was used for this configuration

« The documented CUBE configuration can be supparitidthe following 10S feature sets: IP VOICE, SBPRS/ICES, ADVANCED IP SERVICES,
ADVANCED ENTERPRISE SERVICES, INT VOICE/VIDEO, IPIBW, TDMIP GW,INT VOICE/VIDEO, IPIPGW, TDMIP GW AES

»  Consult your Cisco representative for the corr@S image for the specific application and Devicét Uitense and Feature License requirements for IUC
and CUBE.

Features
Features Supported
» Voice calls using G.729 codec
« RFC3261 generic feature Support
» Locating SIP servers via DNS SRV and DNS A Records
» Early Media Cut-Through with DO to EO
» Calling party number presentation and privacy (Reked Identity)
* FAX using G711lulaw passthrough
« DTMF as RFC2833 NTE (named telephone events) wreemrgressed audio codec is used
* CUBE: performs Delay-Offer-to-Early-Offer transcodiof an initial SIP INIVTE from CUCM without SDP
Features Not Supported
« CUCM/CUBE Codec negotiation of G.726
» T.38 Faxrelay is not supported by Verizon IP TingkService

© 2008 Cisco Systems, Inc. All rights reserved.
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Caveats

A conference bridge (CFB) resource on CUBE is nexgliin order for a CUCM IP phone to initiate a thweay conference between G729 media end-points. See
configuration section for details.

Along with SIP INVITE with early-offer Verizon rednes the support of early media for outbound G7&8sclt is hecessary to enable PRACK (REL1XX
response) on the call leg between CUCM and CUBE.c8afiguration section for details.

Verizon’s IP Trunking Service only supports G71iutzodec for FAX calls. G.711 fax passthrough isghpported FAX transport method for the Verizon IP
Trunking Service. See configuration section foladst

CUCM can only support a single codec between tldedewice (i.e. IP Phone, ATA) and the SIP trunkvdtkaround for this used during testing was to terea
multiple Regions and Device pools in order to coliine codec selection prior to being presentettiédSIP trunk. The end devices were configured with
specific Device Pool based on the codec used foebtalls. See configuration section for details

© 2008 Cisco Systems, Inc. All rights reserved.
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Call Flow Overview

The same SIP trunks are utilized between CUCM t&8Efbr both Voice and FAX offnet calls. Howeveretball type (i.e., Voice vs. FAX) must be differieted to
ensure the desired codec is used. This delinemiachieved by performing digit manipulation at Bie (Route List) prior to the call being deliveredthe RG.

Each type of device (i.e., IP Phones vs analogedevior FAX) will have separate RPs (Route-Pat)eire belongs to their respective partition. Thete patterns will
then route the calls to the specified RL.

The RL is used to distinguish a Voice call fromAXFcall by manipulating the called party numberdgading 9 for Voice and an 8 for FAX). After thigid
manipulation, the Route Lists forward the callsheir respective RG and the RG routes the catéoSIP trunks.

The SIP trunks are the same for ALL calls from CUGMCUBE.

Example call flow for Voice Calls (g729)

m—e o S? Eﬁl/ﬂ/\

/=] 1 Route
I BANS 1 Route VZ
1 | l Pattern Route Group Trunk CUBE 1 VolP

2@ List
I G538 1 For voice calls # ml
I ) ) immsmmn
CUCM Cluster No digits stripped on :
Voice calls in CUCM CUBE 2

9 is stripped in CUBE
for Voice calls

Example call flow for FAX Calls (g711lulaw)

e q b

sE I Route SIP
| _ Route
I = I Pattern Route Group | Trunk CUBE 1
I 9@ List
850—=578 | For FAX calls # ml
.--—--- @ ) EEEEEEEY
CUCM Cluster 9 is stripped on FAX calls :
in CUCM and replaced CUBE 2 . . .
with 8 8 is stripped in CUBE
for FAX calls
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Configuration

Configuration of Cisco Unified Border Element (CUBE 1.2) IOS Version 12.4(20)T
Critical commands are markedBold with footnotes at bottom of the page

version 12.4

service timestamps debug datetime msec
service timestamps log datetime msec

no service password-encryption

service sequence-numbers

|

hostname cube.1.3825

!

boot-start-marker
boot-end-marker

!

cardtypetl 21

logging message-counter syslog
logging buffered 100000
no logging console
enable password XXXX
|

no aaa new-model

no network-clock-participate slot 2

no network-clock-participate wic 0

|

dotl1 syslog

ip source-route

no ip dhcp use vrf connected

ip dhcp excluded-address 192.168.0.0 192.168.0.100
|

i p dhcp pool | PPHONES!
network 192.168.0.0 255.255.255.0

! (Optional ) DHCP Service: automatically assign IRaddress and TFTP server configuration to Phones

© 2008 Cisco Systems, Inc. All rights reserved.
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default-router 192.168.0.10
option 150 ip 192.168.0.6

!

I

ip cef

!

ip domain name SIP.Domain.com
ip name-server X.X.X.X---SIP DNS Server
|

ho ipv6 cef

multilink bundle-name authenticated
!

I

!

Voice-card 0

dspfarm

dsp services dspfarm
!

Voice-card 2

dspfarm

!

!

Voice service voip

al | ow connections sip to si p2
FAX protocol pass-through g711lulaw
h323
sip

early-offer for ced®

m dcal | - si gnal i ng passt hru®
!
!
Voice class codec 1
codec preference 1 g729r8 bytes 20
codec preference 2 g711ulaw bytes 160

2 Allow SIP to SIP call processing

% Use this command to forcefully configure a Cisco tified Border Element to send a SIP invite with SDRon the Out-Leg (OL), Delayed-Offer
to Early-Offer for SIP calls.
* Enables support for SIP Supplementary Services (Oy used for SIP-to-SIP Calls)

© 2008 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 8 of 31



T
CISCO.

iloice translation-rule 8
rule 2 /"8\(.*\)/ \1/
|

iloice translation-rule 9
rule 2 /"O\(.*\)/ \1/
I

voi ce translation-profile D A TSTRI P- 8°

translate called 8
I

voi ce translation-profile D A TSTRI P- 9°
translate called 9

username cisco privilege 15 secret <XXXX>
archive

log config

hidekeys

:p ssh version 2
!

® Strip the leading “8” from outgoing called number
® Strip the leading “9” from outgoing called number

© 2008 Cisco Systems, Inc. All rights reserved.
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!
!
I
interface GigabitEthernet0/0

description CUBE inside interf ace’
ip address 192.168.0.X 255.255.255.0
ip virtual-reassembly
load-interval 30
duplex auto
speed auto
media-type rj45
I

interface GigabitEthernet0/1
description CUBE outside interface
ip address X.X.X.X 255.255.255.X
ip virtual-reassembly

load-interval 600

duplex auto

speed auto

media-type rj45

I

ip route 0.0.0.0 0.0.0.0 X.X.X.X
no ip http secure-server
I

!
ip rtcp report interval 10000
I

control-plane
I

é:al | threshold gl obal cpu-avg | ow 68 high 75
call threshold global total-nmemlow 75 high 85

call threshold global total-calls |Iow 9 high 118

" No SIP bind commands configured, SIP is sourceddm both interfaces
8 Global Call Admission Control based on Resource ilization

© 2008 Cisco Systems, Inc. All rights reserved.
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Voi ce-port 0/1/ 0°

no non-linear

playout-delay maximum 120
playout-delay nominal 15
playout-delay minimum low
timeouts interdigit 2
timeouts call-disconnect 3
timing digit 300

caller-id enable

I

Voice-port 0/1/1
!

!
sccp local GigabitEthernet0/0

scep ccm 192.168.0.6 identifier 2 priority 2 versio n5.0.1
scep ccm 192.168.0.4 identifier 5 priority 1 versio n5.0.1
scep

!
sccp ccm group 10
associate ccm 5 priority 1

associate ccm 2 priority 2
associate profile 12 register CON001193484810

dspfarm profile 12 conference
description conference bridge
codec g711lulaw

codec g71lalaw

codec g729ar8

codec g729abr8

codec g729r8

codec g729br8

maximum sessions 10
associate application SCCP

|

10

° Optional FXS port for FAX devices connected diredy to the CUBE
19 DSP resources for Conferencing registered with CUKI cluster
© 2008 Cisco Systems, Inc. All rights reserved.
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|

dial-peer Voice 10 pots

description dial '9' for outbound calls
preference 1

service session

destination-pattern 10XX

FAX rate disable

port 0/1/0

|

dial-peer Voice 100 voip

description OUTBOUND G729 Voice SIP calls to VzB

transl ation-profile outgoing D G TSTRI P- ot

destination-pattern 9112
Voice-class codec 1

. . 13
Voi ce-class sip early-offer forced
session protocol sipv2
session target sip-server

dtnf-rel ay rtp—nte14

no vad
|
dial-peer Voice 101 voip

description INBOUND G729 Voice SIP calls from VzB
Voice-class codec 1

session protocol sipv2

session target sip-server

15

i ncom ng cal |l ed-nunber 1...
dtmf-relay rtp-nte

no vad
I

1

1 Strip the leading “9” from outgoing called number
2 Match on outbound calls from CUCM with leading “9”

13 Use this command to forcefully configure a Cisco hified Border Element to send a SIP invite with SDRn the Out-Leg (OL), Delayed-Offer
to Early-Offer for SIP calls.

4 Forwards DTMF tones by using RTP with the Named Tiephone Event (NTE) payload type.

!5 Enables CUBE to set configuration parameters to itoming calls based on the received called numberhig ensures that both legs of the SIP
call have matching CODECs
© 2008 Cisco Systems, Inc. All rights reserved.
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|

dial-peer Voice 200 voip

description inbound FAX dial peer from VZ
session protocol sipv2

session target sip-server

i ncom ng cal |l ed- nunber 1018
codec g711ul aw’
FAX rate disable'®
no vad

!

dial-peer Voice 201 voip
description outbound FAX calls to VZ

translation-profile outgoing DI G TSTRI P-8*

destination-pattern gT2°
Voice-class sip early-offer forced
session protocol sipv2

session target sip-server

codec g711ulaw

FAX rate disable

no vad
|

9

dial-peer Voice 300 voip

description To/From CUCM subscriber for FAX Calls
preference 2

destination-pattern 1018

session protocol sipv2

session target ipv4:192.168.0.4

i ncom ng cal | ed- nunber g7

16 Match on inbound call-leg for FAX calls. This enstes that both legs of the SIP call have matching COECs.
" CODEC is set on dial-peer to force use of g711ulafer FAX calls.

18 Disables FAX relay transmission capability. FAX-Pasthrough is the supported FAX method.

19 Strip leading “8” from outbound FAX calls before sending to VZ

20 Match outbound FAX calls from CUCM cluster with leading “8”

© 2008 Cisco Systems, Inc. All rights reserved.
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codec g711lulaw
FAX rate disable
no vad
|
dial-peer Voice 301 voip
description To/From CUCM publisher for FAX Calls
preference 5
destination-pattern 1018
sessi on protocol sipv2

session target ipv4:192.168.0. 622
incoming called-number 8T

codec g711ulaw

FAX rate disable

no vad

I

dial-peer Voice 401 voip

description To/From CUCM subscriber for Voice
preference 2

destination-pattern 1...

Voice-class codec 1

session protocol sipv2

session target ipv4:192.168.0.4

i ncom ng cal | ed- nunber 9723
FAX rate disable
no vad
|
dial-peer Voice 411 voip
description To/From CUCM publisher for Voice
preference 5
destination-pattern 1...
Voice-class codec 1
sessi on protocol sipv2

session target ipv4:192.168.0. 624

2L Enables CUBE to set configuration parameters to dgoing calls based on the received called numberhig ensures that both legs of the SIP

call have matching CODECs
2 Multiple SIP trunks configured for redundant connections to the CUCM cluster

% Enables CUBE to set configuration parameters to dgoing calls based on the received called numberhig ensures that both legs of the SIP

call have matching CODECs
2 Multiple SIP trunks configured for redundant connections to the CUCM cluster

© 2008 Cisco Systems, Inc. All rights reserved.
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incoming called-number 9T

dtmf-relay rtp-nte

no vad

!

!

sip-ua

retry invite 2

retry bye 2

retry cancel 2
si p-server dns:sip.server. conf>
g729-annexb override

I

line con 0

line aux O

line vty 0 4

I

;scheduler allocate 20000 1000
end

Configuring Cisco Unified Communications Manager

% S|P Proxy FQDN name for outbound SIP calls to VZ

© 2008 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
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Early-Media Cut-thru : Enable PRACK on CUCM

PRACK- Provisional Acknowledgement to a Session not yetdished
* Purpose is to acknowledge progress information @yaested process
e The INVITE Includes a Require header stipulating tPAC wants a reliable provisional response

SIP RellXX Enabled: This parameter determines whether all SIP providicesponses (other than 100 Trying messagesggeteaiably to the remote SIP endpoint.
If this parameter is disabled, Cisco CallManagersdaot acknowledge or confirm 18X messages. Valides specify True (acknowledge 18X messages VRIGK)
or False (do not acknowledge 18X messages with RGAC

CUCM Administrator>System>Service Parameters
Change theSIP Rel1XX Enabled from the default of Falseto True

Service Parameter Configuration LR el | e Parameters for All Server

LB Save Set to Default (‘% Advanced

SIP Connect Timer * |500 ‘ 500
SIP Disconnect Timer * |500 ‘ 500
SIP Expires Timer * |130000 ‘ 180000
SIP PRACK Timer * [s00 ‘ 500
SIP Rel1XX Timer * |500 ‘ 500
SIP Trying Timer * |500 ‘ 500
SIP Publish Timer * |500 ‘ 500
SIP Rel1XX Enabled
SIP Min-SE Value * |1500 ‘ 1800
SIPS URI Handling * |Re]-ect v‘ Reject
SIP statistics Periodic update Timer * |2 ‘ 2

SIP Session Expires Timer * |1300 ‘ 1800
SIP Trunk TspReq Retry * |2 ‘ 2

SIP TCP Unused Connection Timer * |14 ‘ 14

SIP TCP Timer * |5 ‘ 5

SIP Station UDP Port Throttle Threshold * |50 ‘ 50

SIP Trunk UDP Port Throttle Threshold * |200 ‘ 200

Note: No changes are required on the CUBE. The CUBE supports PRACK by fiault.

© 2008 Cisco Systems, Inc. All rights reserved.
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Media Resource Group List:
List of Media Resource Groups configured for the $runk MRGL

Media Resource Group List Configuration

1l Save Delete I Copry Reszet = Acle] Meswy
e s2e L coor Y 2

—Status

@Status: Ready

—Media Resource Group List Status
Media Resource Group Listt  SIP_Trunk_MRGL (used by 2 devices)

—Media Resource Group List Information
Mame® [SIp Trumk_ MR GL

—Media Resource Groups for this List
Available Media Resource Groups  [Conf_Bridge_MRG

Selected Media Resource Groups

<

© 2008 Cisco Systems, Inc. All rights reserved.
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Media Resource Group:
Configured Conference Bridge resource associatdtdM$P resources configured on CUBE

Media Resource Group Configuration

1l Save Delete 15 Copy Rezet E Adddd Mew
o swve K Loy Y =

—Status

@Status: Ready

—Media Resource Group Status
Media Resource Group:  Conf_Bridge_MRG {used by 0 devices)

—Media Resource Group Information
Mame* IConf_Bridge_MRG

Description IConference Bridge Media Resource Group

—Devices for this Group
Available Media Resources ** [aNm_2
CFB_2
MOH_Z
MTP_2

WA
Selected Media Resources *  [CONDOL193484810 (CFB)

™ Use Multicast for MOH Audio (If at least one multicast MOH resource is available)

© 2008 Cisco Systems, Inc. All rights reserved.
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CODEC Selection using Device Pools and Regions

All Voice calls through the SIP trunk should us@Z®2 and FAX devices should use G.711. Note in tmndiguration below, there are two regions. Chk$ween the
“Default” and “Offsite” region will use G.729 andits between “Default” and “Offsite” use G.711. Ayipg this configuration to our testbed, the Slémk is placed in
a Device Pool with the “Offsite” region, and phatevices should be placed in a Device Pool that thigh‘Default” region. Devices used for analog F8kould use a
Device Pool with the “Offsite” region. Devices theelong to the same region are configured to liséx 711 codec

Region Configuration

LB Save x Delete % Reset EDH Add Mew

—Region Information
Marme™ |Default

—Region Relationships

Region Audio Codec

Default G.711

Cffsite 35,729
MOTE: Regions(s) not displayed lse System Default

—Modify Relationship to other Regions
Regions Audio Codec

Default Keep Current SettingLI
Offsite

— Save Drelete Reset Add Mew

© 2008 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 19 of 31



T
CISCO.

List of Device pools and the associated Regions

Find and List Device Pools

Sp AddNew || SelectAll [ Clear All 3¢ Delste Selected

—Status
@ 2 records found

Device Pool (1 -20f2)

Find Device Pool where |De\.rice Pool Mame jlbegins with jl Find | Clear Filte
r Name “ Cisco Unified CM Group Region
r Default Default Default
[ Offsite DP Default Offsite
Add Mew | Select Al | Clear Al | Delete Selected

List of Phones and ATA Devices:
The Device Pools selected determine the codecfosédffnet calls

Find and List Phones

C3 AdNew [ Select Al | Clar Al ¢ Deite Selecter S Reset Seected

—Status

@3 records found

Phone(I - 3 of 3)

Find Phone where |Device Name j|begins with j Find | Clear Filter |ﬂi|
Select iten or enter search text j

r Device Name(Line) * Description Device Pool Device Protacol
r H ATADO4455552222 AT4 For FAX devices Offsite DP scop

r f-_fi SEP001122223333 IP Phone for G729 Voice calls Default SCCP

r Es SEP001155551111 IP Phone for G729 Yoice calls Default SCCP

Add Mew Select All Clear all Delete Selected Reset Selected

© 2008 Cisco Systems, Inc. All rights reserved.
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SIP Trunk Configuration:
The Offsite Device Pool is configured for codecatégion and the SIP_Trunk_MRGL is selected for feoence Bridge resources. Note: MTP
required NotSelected

ol save P Delcte T Reset S Add Hew

Status: Ready
—Device Information
Produc: SIP Trunk
Drevice Protocol: sIP
Dewvics Harnat [re_z=2s_cuee
Description fre 3225 cueE SI1P Trunk
Device Pookt [offsite_op =1
Cemmon Device Configuratio[ < Hone = =1
Call Classification [offnet =]
MediaResource Group List [s1P_Trunk_mraL =
Location® |Hub_Hone =1
AAR Group [= Hone = =l
Packet Captura Mode [Fene =]
Packet Capture Duration |g
™ Media Termination Point Required
I¥ Retry Video Call as Aaudic
™ Transmit UTF-2 for Calling Party Name
M uUnattendad Port
—multilewel Precedence and Preemption (MLP P) Infi Hon
MLPP Domainf < None > =]
Call Routing Information
— Inbound talls
Significant Digits* [ani =i
Connectad Line ID Presentation [Defaut B |
Connected Narme Presentatioh [Default =1
Calling Search Space [= Hone = -]
AaR Calling Search Space [<fon=s = =]
Prefix DN |
I Redirecting Diversion Heald-r Delivery = Inbound =
Caller ID DM |
™ Rediracting Diversion Haader Delivery - Outbound
—SIP Information
Cestination Address*® [19z.162.0.10
Destination Address® [ts2.168.0.10
IM Destination Address is an SRV
Destination Port* |sosn
MTP Preferred Originating Coded [Fitulaw =1
Presence Group® |standard Presence group =1
S1P Trunk Security Profile® [Men Secure SIP Trunk Profile =]
Rerouting Calling Search Space |= None = =]
DTME Signaling Mathod [Me Preference -]

© 2008 Cisco Systems, Inc. All rights reserved.
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Route Group Configuration:
Both SIP Trunks are members of the same Route Group

Route Group Configuration

,_d Save x Delete f|.,|= Add Mew

—Route Group Infor i
Foute Group Mare* "SIF‘ Trunks

Distribution Algorithm® |Top Down ;I

—Route Group Member Information

Find Devices to Add to Route Group

Device Mame containsl Find |

Available Device®*

To_3825 CUBE

Port(s) Mone Available El
Add to Route Group |

— Current Route Group Members

Szlected Device#**  [To_3825_CUBE (all Ports)
To_2811_CUBE (all Ports)

<

Reverse Orderof Selected Devices

Rermoved Deviced ¥+

—Route Group Members
o
“TD 2825 CUBRE

&TO 2811 CLUBE
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Route List for Voice:
The previously defined RG is selected in the Vdtte

Route List Configuration

lad save I Deletz copy @ Reset p Add New

—Status
@ Status: Ready

—Route List Information

Mame* [voice_G729_RL
Description |\foice Route List for Offnet G729 calls
Cisco Unified Communications Manager Group*|Defau|t LI

¥ Enable this Route List (change effective on Save; no reset required)

— Route List Member Information
Selected Groups**  [sIp Trunks

Add Route Group

Removed Groups***

—Route List Details
SIP Trunks
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Route List Details for Voice:
No Digits are discarded for offnet Voice calls.
The leading “9” is preserved when the call is fordead to the CUBE, this allows the CUBE to diffeiate the call as Voice and use the correspondi@PEODEC.

Route List Detail Configuration Rel

B Save

rStatus

® Status: Ready

rRoute List Member Information

Route Group SIP

rCalling Party Transformations

Use Calling Party's External Phone Numnber Mask* | Default v|

Calling Party Transform Mask | |

Prefix Digits {Outgoing Calls) | |

rCalled Party Transformations

Discard Digits | NANP NoDigits v|
Called Party Transform Mask | |

Prefix Digits (Dutgaing Calls)| |
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Route List for FAX:
The previously defined RG is selected in the FAX (Rimilar to Voice RL)

Route List Configuration

Lo save € Delete Copy @ Reset o Add New

—Status
@ Status: Ready

—Route List Information

Marme * [Fax_G711_RL
Description |FA}( Route List for Offnet G711 calls
Cisco Unified Communications Manager Group* IDefau|t ;I

¥ Enable this Route List (change effective on Save; no reset required)

—Route List Member Information
Selected Groups**  |<Ip Trunks

Add Route Group

Removed Groups***

—Route List Details
SIP Trunks
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Route List Details for FAX:
The “9” is stripped from the called party numbed aaplaced with an “8”.
This dial plan configuration ensures that the wsdy needs to dial a “9” for Voice and FAX off-neills.

Route List Detail Configuration

B Save

—Status
@ Status: Ready

—Route List Member Information
Route Group SIP_Trunks

—Calling Party Transformations
Use Calling Partyy's External Phong Mumber Mask* IDefau|t |

Calling Party Transform Mask |

Prefix Digits {Qutgoing Calls) |

—Called Party Transformations
Discard Digits [NANP; PreDot 4

Called Party Transform Mask |

Prefix Digits (Qutgoing Calls) |Ei
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Route Pattern for Voice:
This Route Pattern is in the Voice partition andésviced by the Voice RL (No Digits are stripped)
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Route Pattern Configuration

.‘d Save x Delete ”—-1 Copy :||If Add Mew
—Pattern Definition

Route Patternt IB.@

Route Partition I".-"oi:e ;I
Description |offnat G723 calk

Numbering Plard IN;‘-"\NP

Route Filter I{ None =

MLPP Precedencd IDeFault

Resource Priority Namespace Network DornElirI-c MNone =

L L L

Gateway/Route List™ I‘u"oi:e_G?EEl_RL (Edit)
Route Option % Routethis pattern

© Blockthis pattern |N0 Errar ﬂ
call Classificatiod |OFFNet ;I

I aAllow Device Override M ovide Outside Dial Tone Alld rOverlap Sending Urged Sricrity
IC Reguire Forced Authorization Code
Authorization Level |D

M Reguire Client Matter Code

Calling Party Transformations
I Use Calling Party's External Phene Number Mask
Calling Party Transferm Masl—cl

Prefix Digits (Outgoing Calls) I

Calling Line ID Presentatiof IDeFault

Calling Name Presentatich IDeFault

Calling Party NumberTyps* ICis:D CzllManager

L e [

Calling Party Mumbering Flaf Icigzo CallManager

Connected Party Transformations
Connected Line ID PresentatiorleeFauH; LI

Connected Name Presentatiod |DeFauIt ;l

Called Party Transformations
Discard Digits |< Mone = :I
Called Party Transform Maskl

Prefix Digits (Outgoing Callsjl

Called Party Number Type* ICiE..D CzllManager ;I
Called Party Humbering Flaf ICiE:D CallManager :I

Route Pattern for FAX:
This Route Pattern is in the FAX partition andesviced by the FAX RL (No Digits are stripped)
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Systermn ¥ Call Routing Redia Rescurces Voibe Mail

Devid® ApplicsTion

User Man8gement Bulk AdminiStration Help x -

Route Pattern Configuration

gl save M Delete [ Copy FiE Add Mew

—Pattern Definition

R.oute Pattern* Ig' =

Route Partition IFAX

L]

Description ID‘FFnet G711 calk

Mumbering Flart INANp

Route Filter I{ Mona =

MLEF Precedencd IDeFauIt

Resource Priority Namespace Network Domairl{ Mone =

Gatevay/Route List* I FAX_G711_RL

Route Option % Routethiz patkarn

Ll 0 L

(Edit)

" Blockthis pattarn |ND Error ;I

Call Classificatior |oFFNet

=l

I allowDevice Override f¥avide Outside Dial Tene Alld rOverlap Sending Urger Sricrity

I Require Forced Authorization Code

Authorization Levelt |D

I Regquire Client Matter Code

—Calling Party Transformations
I Use Calling Party's External Phone Humber Mask

Calling Party Transform Masl-cl

Prefix Digits (Outgoing Calls) I

Calling Line ID Presentaticd IDeFault

Calling Mame Presentatioh IDeFault

Calling Party Number Typef ICis._o CallManzager

Calling Party Numbering Plad ICi;:o CallManzger

L 150 [

—Connected Party Transformations

Connected Line ID Presantatiorf | Default

Connected Name Presentaticd | Default

K|kl

—Called Party Transformations

Discard Digits |< Hone =

Called Party Transform Masl-cl

Prefix Digits (Qutgoing Callsjl

Called Party Number Typea ICis:o CallManzger

Called Party Mumbering Plaf ICi;:g CallManager
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Acronyms

Acronym Definitions

SIP Session Initiation Protocol

SCCP Skinny Client Control Protocol

TDM Time Division Multiplexing

CuCM™M Cisco Unified Communications Manager
CUBE Cisco Unified Border Element

Important Information

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 DAMAGE
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