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The results and configuration examples in this igppbn note are based on Cisco Unified
Communications Manager 6.1 and Cisco Unified Boilement 1.2 testing. CUCM 7.1 with CUBE 1.2 are
designed to meet the same results as the testsidner

Testing was conducted in Sprint labs.
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This document explains key concepts for Sprint Bilhking (SST) service. SST is a means for enteggustomer to leverage their
investment in GMPLS while reducing LEC charges.il8®IP Trunking (SST) uses Session Initiation Bcot, which enables enterprises to
migrated from legacy based telecommunications exeiit to Unified Communications and leverage thelfiity and scalability of IP.

This document assumes the reader is knowledgeathiehe terminology and configuration of CUCM Cisdaified Communications Manager
as well as CUBE Cisco Unified Border Element. CUBEAvailable either through Sprint Managed NetwSgkvices (MNS) or it can be a
customer owned and operated unit. This documentiges a high-level overview of the options avaitahlith SST. These options primarily
include CODEC selection. Additionally it will detaihe configuration steps required in CUCM to intdg with SST and enable proper
functionality.

This application note describes how to configufgisto Unified Communications Manager (CUCM) witRigco Unified Border
Element (CUBE) for connectivity to Sprint's SIP tiking service. The deployment model covered in &pislication note is CPE
(CUCM 7.1.2 / CUBE) bi-directional calls betweenSPN” via Sprint Trunking Service (SST).

Testing was performed in accordance to Sprint'sgles and all features were verified. Key featwesfied are: Basic Call, DNIS
translations, Codec Negotiation, Transfer Conrlatta-site Transfers, Intra-site Conferencing, Baig T.38 (G3 only)

The Cisco Unified Border Element configuration dlethin this document is based on a lab environmétiit a simple dial-plan used to
ensure proper interoperability between Sprint S#8vork and Cisco Unified Communications. The camfigion described in this
document details the important commands to havbeleddor interoperability to be successful; carestrhe taken, by the network
administrator deploying CUBE in a production enwmiment, to ensure these commands are set per edqbedr required to
interoperate to Sprint SIP Trunking service.

The results and configuration examples in this malon note are based on Cisco Unified Communice&iManager 6.1 and Cisco
Unified Border Element 1.2 testing. CUCM 7.1 witHEBE 1.2 are designed to meet the same resultseaesited versions
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Basic Call Setup
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Hardware Components
Cisco I0S ISR running CUBE 1.2 (I0S image versi@v{20)T3 or later)

Cisco Unified Border Element is an integrated Cikg8 Software application that runs on various [@&forms, follow the
link for more detailshttp://www.cisco.com/go/cube

Cisco MCS 7800 Series server (Cisco Unified Comications Manager)

Cisco IP Phones (The topology diagram shows 79607861, but any Cisco IP phone model can be usested with both SCCP and
SIP phone software.

Cisco 10S Gateway (only needed if Fax, analog phamél DM systems are to be interconnected). Thispmment may be a H323, SIP
or MGCP gateway, the protocol is optional and theiae is left up to the customer’s network design.

Software Requirements
Cisco Unified CM 7.1.2.20000-2. Additional versiamay be supported, check with your Sprint accoeart
CUBE version 1.2 (I0S version 12.4(20)T3 or later)
Cisco GW IOS Release: 12.4 or later

© 2009 Cisco Systems, Inc. All rights reserved.
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Features Supported
Basic Call using G.729 or G.711lulaw
Calling Party Number Presentation and Restriction
Fax using T.38
Incoming DNIS Translation and Routing
CUBE: Configured for media flow-around

CUCM SIP trunk configured for Delay-Offer, the iaitSIP INIVTE from CUCM will be without SDP. ThelB trunk is configured
without an MTP.

RPID and PAI, PAl is only supported on CUCM 7.x drigher

Features Not Supported
MOH and TOH (Tone On Hold) will not be heard onis#hat terminate on a PSTN phone when it is putiold or the call is Xfer.

Fax Passthru

When using G.729 between Sprint and Cisco UnifieddBr Element/Cisco Unified Communications Man&gjér trunk it is required
to configure a Conference Bridge (CFB) resourc€tiBE in order for Cisco Unified Communications MgealP phone to initiate a
three-way conference between G729 media end-p@etsconfiguration section for details.

For DTMF digit passing using RFC2833 you must getydoad-type value of 101 for "nte” (network tefeme-events DTMF) on
CUBE dial-peer pointing towards Cisco Unified Comrminations Manager. See configuration section fdaitke 101 is the default
value for much of Cisco equipment including CUBEBS! Voice Gateways and CUCM.

Cisco Unified Communications Manager will only h#mdne codec type per SIP trunk. Even though the S8 INVITE proposes a
list of codecs (e.g. G729, G711) the UCM SIP truilkonly allow the codec value it has been configplifor. See configuration
section for details
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Configuring Cisco Unified Border Element (CUBE)

Critical commands are marked bold with footnote dascription at bottom of the page

version 12.4

service tcp-keepalives-in

service tcp-keepalives-out

service timestamps debug datetime msec localtime
service timestamps log datetime msec localtime
service password-encryption

1

hostname cube

!

boot-start-marker

boot system flash flash:c3825-adventerprisek9_igst&4-20.T3.bin
boot-end-marker

!

logging message-counter syslog
logging queue-limit trap 10000
logging buffered 2000000
logging rate-limit 1000

no logging console

enable secret cisco

!

aaa new-model

|

!

aaa authentication login default group tacacs+lenab
!

|

aaa session-id common

clock timezone EST -5

clock summer-time EDT recurring
|

ip source-route

ip cef

!

no ip domain lookup

ip domain nhame smsl.mrn
no ipv6 cef

!

multilink bundle-name authenticated
!

!

!

voice-card O

dspfarm

dsp services dspfarm

!

!

!

voice service voip
allow-connections sip to sip
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no supplementary-service h450.2
no supplementary-service h450.3
supplementary-service h450.12
fax protocol t38 Is-redundancy 0 hs-redundancy O fiback none'
sip
asserted-id pa
privacy pstn®
midcall-signaling passthru
!
!
!
voice class codec*1
codec preference 1 g729r8
!
voice class codec®2
codec preference 2 g711ulaw
!
voice class sip-profiles 100
request INVITE sip-header From modify "(.*@).*(>.* )" "\1sprint\2"
request REINVITE sip-header From modify "(.*@).*(>.*)" "\1sprint\2"
request INVITE sip-header P-Asserted-Identity modiy "(.*@).*(>.*)" "\1sprint\2"
request REINVITE sip-header P-Asserted-ldentity maify "(.*@).*(>.*)" "\1sprint\2"
request INVITE sip-header Diversion modify "(.*@).*(>.*)" "\1sprint\2"
request REINVITE sip-header Diversion modify "(.*@).*(>.*)" "\1sprint\2"
!
!
voice translation-rule 10
rule 1 /.X(.......... \)/ N1/
!
!
voice translation-rule 778
rule 1 /A778/ 1/
!
!
voice translation-profile Last10
translate called 10
!
voice translation-profile Strip-778
translate called 778
!
!
archive
log config
hidekeys
!
!
ip telnet source-interface GigabitEthernet0/0
no ip ftp passive
ip ftp source-interface GigabitEthernet0/0
ip tftp source-interface GigabitEthernet0/0
ip ssh version 2
!
!
interface GigabitEthernet0/0
description LAN Interface
ip address x.x.x.10 255.255.255.224
load-interval 30
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duplex full

speed 1000
media-type sfp
negotiation auto

1

interface GigabitEthernet0/1
description Not Used
no ip address
shutdown

duplex auto

speed auto
media-type rj45

1

1
ip forward-protocol nd

ip route 0.0.0.0 0.0.0.0 x.x.x.1

no ip http server

no ip http secure-server

1

!

ip tacacs source-interface GigabitEthernet0/0

1

logging trap debugging

logging source-interface GigabitEthernet0/0

access-list 98 remark ACL controlling SNMP access
access-list 98 permit x.x.x.x 0.0.0.255

access-list 98 permit x.x.x.x 0.0.0.255

access-list 99 remark ACL controlling VTY access
access-list 99 permit x.x.x.x 0.0.0.255

access-list 99 permit x.x.x.x 0.0.0.255

access-list 99 permit x.x.x.x 0.0.3.255

access-list 99 permit 10.101.0.0 0.0.255.255

access-list 99 permit 10.77.124.0 0.0.3.255
snmp-server community snmp-comm-string RW 98
snmp-server ifindex persist

snmp-server trap-source GigabitEthernet0/0
snmp-server location Rm 2A711, bldg Ops1, Reston VA
snmp-server enable traps snmp authentication lwkdmkup coldstart warmstart
snmp-server enable traps vrrp

snmp-server enable traps gatekeeper

snmp-server enable traps tty

snmp-server enable traps eigrp

snmp-server enable traps xgcp

snmp-server enable traps flash insertion

snmp-server enable traps flash removal

snmp-server enable traps envmon

snmp-server enable traps icsudsu

snmp-server enable traps isdn call-information
snmp-server enable traps isdn layer2

snmp-server enable traps isdn chan-not-avalil
snmp-server enable traps isdn ietf

snmp-server enable traps ds0-busyout

snmp-server enable traps dsl-loopback

snmp-server enable traps ethernet cfm cc mep-updmep cross-connect loop config
snmp-server enable traps ethernet cfm crosscheglomesing mep-unknown service-up
snmp-server enable traps license

snmp-server enable traps aaa_server
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snmp-server enable traps atm subif

snmp-server enable traps bgp

snmp-server enable traps cef resource-failure giade-change peer-fib-state-change inconsistency
snmp-server enable traps memory bufferpeak
snmp-server enable traps cnpd

snmp-server enable traps config-copy
snmp-server enable traps config

snmp-server enable traps config-ctid

snmp-server enable traps dial

snmp-server enable traps dsp card-status
snmp-server enable traps dsp oper-state
snmp-server enable traps entity

snmp-server enable traps fru-ctrl

snmp-server enable traps resource-policy
snmp-server enable traps frame-relay multilink Besmdismatch
snmp-server enable traps frame-relay

snmp-server enable traps frame-relay subif
snmp-server enable traps hsrp

snmp-server enable traps ipmulticast

snmp-server enable traps msdp

snmp-server enable traps mvpn

snmp-server enable traps ospf state-change
snmp-server enable traps ospf errors

snmp-server enable traps ospf Isa

snmp-server enable traps ospf cisco-specific sfaege nssa-trans-change
snmp-server enable traps ospf cisco-specific stadmge shamlink interface-old
snmp-server enable traps ospf cisco-specific stadege shamlink neighbor
snmp-server enable traps ospf cisco-specific errors
snmp-server enable traps ospf cisco-specific retnitn
snmp-server enable traps ospf cisco-specific Isa
snmp-server enable traps pim invalid-pim-message
snmp-server enable traps pppoe

snmp-server enable traps cpu threshold
snmp-server enable traps rsvp

snmp-server enable traps ipsla

snmp-server enable traps syslog

snmp-server enable traps 12tun session
snmp-server enable traps I2tun pseudowire status
snmp-server enable traps vtp

snmp-server enable traps event-manager
snmp-server enable traps ccme

snmp-server enable traps srst

snmp-server enable traps voice

snmp-server enable traps dnis

snmp-server host x.x.X.x mnstraps

snmp-server host x.x.X.x mnstraps

snmp-server host x.x.x.x voyence config

1

1

tacacs-server host x.x.x.x

tacacs-server host x.x.x.x

1

control-plane
1

call threshold global total-calls low 1 high 50
!
!

© 2009 Cisco Systems, Inc. All rights reserved.
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1

!

sccp local GigabitEthernet0/0

sccp ccm x.x.x.11 identifier 11 priority 2 versiérd
sccp cem x.x.x.12 identifier 12 priority 1 versiérd
scep

1

sccp ccm group 7

description transcoding resource for CUCM 7x
bind interface GigabitEthernet0/0

associate ccm 12 priority 1

associate ccm 11 priority 2

associate profile 11 register rl-cube-xcoder
associate profile 111 register res-lab-cubemtp
1

dspfarm profile 11 transcode

description trancode profle for CUCM 7.x
codec g71lulaw

codec g71lalaw

codec g729ar8

codec g729abr8

codec g729r8

maximum sessions 8

associate application SCCP

1

dspfarm profile 111 mtp

codec g71lulaw

maximum sessions software 8

associate application SCCP

1

1

dial-peer voice 101 voip

description SST outbound DP to CUCM (pairs witl )L
translation-profile outgoing Last10

preference 1

destination-pattern ~258[2-9]..[2-9]......$
media flow-around’

voice-class codec 1

voice-class sip asserted-id phi

session protocol sipv2

session target ipv4:x.x.x.12

session transport udp

dtmf-relay rtp-nte

no vad

1

dial-peer voice 102 voip

description SST outbound DP to CUCM (pairs witl )10
translation-profile outgoing Last10

preference 2

destination-pattern ~258[2-9]..[2-9]......$
media flow-around

voice-class codec 1

voice-class sip asserted-id pai

session protocol sipv2

session target ipv4:x.x.x.11

dtmf-relay rtp-nte

no vad
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dial-peer voice 103 voip

description SST outbound DP to CUCM (pairs witl)10
translation-profile outgoing Last10
preference 2

destination-pattern ~258[2-9]..[2-9]......$
media flow-around

voice-class codec 1

voice-class sip asserted-id pai

session protocol sipv2

session target ipv4:x.x.x.35

dtmf-relay rtp-nte

no vad

1

dial-peer voice 104 voip

description SST inbound DP for 258 + 10 Digit gl (pairs with 101,102,103)
media flow-around

voice-class codec 2

session protocol sipv2

incoming called-number ~258[2-9]..[2-9]......$
dtmf-relay rtp-nte

no vad

1

dial-peer voice 201 voip

description SST outbound DP (pairs with 204)
translation-profile outgoing Strip-778
preference 1

destination-pattern 2778

media flow-around

voice-class codec 2

voice-class sip asserted-id pai

voice-class sip profiles 100

session protocol sipv2

session target ipv4:XXX.XXX.XXX.XXX

session transport udp

dtmf-relay rtp-nte

no vad

1
dial-peer voice 202 voip

description SST outbound DP(pairs with 204)
translation-profile outgoing Strip-778
preference 2

destination-pattern 2778

media flow-around

voice-class codec 1

voice-class sip asserted-id pai

voice-class sip profiles 764

session protocol sipv2

session target ipv4:XXX.XXX.XXX. XXX
dtmf-relay rtp-nte

no vad
1
dial-peer voice 204 voip

description SST inbound DP from CUCM (pairs withl202)
media flow-around

voice-class codec 1

session protocol sipv2

© 2009 Cisco Systems, Inc. All rights reserved.
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incoming called-number ~778
dtmf-relay rtp-nte

no vad

!

!

!
gateway

timer receive-rtp 600

!
sip-ua

no remote-party-id

retry invite 2°
reason-header override

!

!

!

gatekeeper

shutdown

!

!

call-manager-fallback
max-conferences 4 gain -6
transfer-system full-consult
1

banner motd

*hkkkkkk
WARNING TO UNAUTHORIZED USERS: This system ig fine

use of authorized users only. Individuals using thi

computer system without authority, or in excesthefr

authority, are subject to having all of their aitids

on this system monitored and recorded by systesopeel.

In the course of monitoring individuals impropeusing

this system, or in the course of system maintenahee

activities of authorized users may be monitoredyagxe

using this system expressly consents to such nrangto

and is advised that if such monitoring reveals inss

evidence of criminal activity, system personnel rpegvide

evidence of such monitoring to law enforcementcxfs.

*kkkkkkk

alias exec srb show run | begin

alias exec sri show run | include

alias exec sli show logging | include

alias exec slb show logging | begin

alias exec rate show interface g0/0 | i rate

alias exec caip show call active voice brief |uid ~ 1P
alias exec chip show call history voice brief |lie ~ IP
alias exec chpid show call history voice briefdlirde pid
alias exec capid show call active voice brief Jude pid
alias exec ch show call history voice brief

alias exec cl clear logging

alias exec ca show call active voice brief | bégielephony
alias exec dsp show dspfarm dsp active

1

line con 0

exec-timeout 0 0

line aux O

© 2009 Cisco Systems, Inc. All rights reserved.
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exec-timeout 11 0

linevty 0 4

access-class 99 in
exec-timeout 0 0

transport input ssh

transport output ssh

1

exception data-corruption buffer truncate
scheduler allocate 20000 1000
ntp source GigabitEthernet0/0
ntp server x.x.x.x prefer

end

! Specifies T.38 Fax Protocol, Sprint Trunking Sende only support T.38

2 Supports PAI Asserted Identify to Sprint SIP Provider

3 Required for PAI

4 Specifies G.729 CODEC — Required so subsequent K&ITEs following a hold or xfer reference the prope CODEC in the SIP SDPs.
® Specifies G.711 CODEC — Required so subsequent K/ TEs following a hold or xfer reference the prope CODEC in the SIP SDPs.
% Required for PAI support

" Media Flow Around configured locally on the dial-peers. Can also be configured globally under voicesvice voip — sip — media flow
around, do not configure both locally and globally.

8 Assigned the SIP header profile locally on the digeer.

® Limits the number of INVITEs sent to a dial-peer kefore failing over to another dial-peer if no respase. Setting to 2 limits failover to
approx 3 seconds, the default is 6. This make failer occur much more slowly, on the order of 30 sends.

Sprint SIP Trunking Basic Call Flow:

With Sprint SIP Trunking (SST) the enterprises D#bge will now be “pointed” to the SIP data cerggnistead of the legacy LEC trunks.
Calls into the enterprise will then traverse the A circuit via the SIP trunk. Calls from IP desiopes will like wise use the SIP Trunk and
GMPLS circuit to reach PSTN destinations. The Cidaified Communications Manager section detailsabefigurations steps that will be
required to create the SIP trunk and redirect eddighe SIP trunk.

Cisco Unified Border Element:

Cisco’s Unified Border Element is integrated with€CM via SIP. It also provides a point of demarcatiretween the Enterprises voice
network and Sprints. Cisco Unified Border Elemean be provided and managed by Sprint Managed Nkt®®@nrvices or be purchase and
managed by the customer. For large enterprisesrthpatrequire additional CUBE's for load balanci8grint Custom Solutions Group will be
engaged. Customers may also provide their own CE¥BER(@addition to Sprint CUBE if they require adaiital call capacity or redundancy.

CODEC Options:

Sprint SIP Trunking (SST) support both G.711ulaw 81729r8 CODEC's. For optimum voice quality Spsoggest that G.711ulaw be used
for all calls. For maximum bandwidth savings G.®88hould be used. Additionally many enterprisesiirecg mix of CODEC supported. For
example a customer support number would typicadly @.711 but for branch offices over a WAN link 227vould be used. SST can be
configured to support both simultaneously. Talkwibur Sprint account team to determine what i$ foes/our environment.

As the type of CODEC used has a direct correlatiaimne bandwidth available on the GMPLS WAN circl@iialk to your Sprint account team
for proper sizing of your circuit needs based oaryaall volume, dial plan and CODEC selection.

Before Making any Changes on your production CUCM

BEFORE IMPLEMENTING ANY OF THE SST CHANGES ON A PROQCTION CISCO UNIFIED COMMUNICATIONS MANAGER
SYSTEM IT ISHIGHLY SUGGESTED THAT A SEPARATE NON-PRODUCTION “PILOT"L®STER BE CONFIGURED USING THE
EXACT CONFIGURATION OF THE INTENDED PRODUCTION SY&EM. IMPLEMENT THE SST CHANGES ON THE PILOT
SYSTEM FIRST TO UNDERSTAND ANY IMPACT THE SST CHANES MAY HAVE. BECAUSE OF THE NUMEROUS WAYS IN
WHICH A CUCM SYSTEM CAN BE CONFIGURED IT IS IMPOSBLE TO FORSEE ALL IMPACT THAT THE SST CHANGES MAY

© 2009 Cisco Systems, Inc. All rights reserved.
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HAVE. REFER TO THE APPROPRIATE CISCO DOCUMENTATIGROR YOUR VERSION OF CUCM. BEFORE IMPLEMENTING
THE SST CHANGES ON A PRODUCTION CUCM CLUSTER MAKERULL BACK OF THE CURRENT CUCM CONFIGURATION.
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Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 14 of 36



T
CISCO.

CUCM Configuration Steps For Implementing SST

When configuring CUCM for SST there are a numbecaffiguration steps required in order for SST toperly function. This section
will detail the various steps require to configyoai CUCM to interoperate properly with SST.

Communications Manager Software Version

Sprint SIP Trunking (SST) has been certified tokmwsith CUCM version 7.1(2) and higher. Contact y&print account team to
determine if your version is supported.

Communications Manager Service Parameters

For SST to interoperate with CUCM all Service Partars are left as default, except for the belotedis

Clusterwide Parameters (Device — SIP)

Retry Count for SIP This determines the number of INVITE CUCM sendslmefore trying another route. With the defaultisgtof “6”
Invite CUCM can take up to 30 seconds to try another route

Changing the value to “2” allows for the failowe another route to occur much more quickly.
Default 6
Configured Value 2

1. Service Parameter Changes

System -> Service Parameter -> Server -> CiscdMalhger -> Clusterwide Parameters (Device — SIRNGa Retry Count for SIP
Invite - 2

Configuring the SIP Trunk

The SIP trunk between Cisco Unified Communicatibtasmager and the Sprint Managed Cisco Unified BoElement is required to
enable SST to function

2. Configure a SIP Profile
Device -> Device Settings -> SIP Profile
Copy the existing Standard SIP Profile
Name the New SIP Profile — SST SIP Profile or eglgt.
There are no changes made to the setting betwesaritfinal Standard SIP Profile and the SST SIHilBrdt is best practices to
make copies of individual components when configgithe SIP trunk.
Save the configuration.

3. Configure a SIP Trunk Security Profile
System -> Security Profile -> SIP Trunk Securitpfite
Copy the existing Non Secure SIP Trunk Profile
Name the New SIP Trunk Profile — SST Non SecureT3tPk Profile or equivalent.
Change the Outgoing Transport Type to be only UDP
Make sure all other Check Boxes are unchecked exaepAccept Out-of-Dialog REFER.
Save the configuration.

4. Configure a Region(s)

© 2009 Cisco Systems, Inc. All rights reserved.
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System -> Region -> Add New

If your creating a G.711 Only SST Implementatiomedt “SST-SIP-Trunk-Region-G.711” or equivalent

If your creating a G.729 Only SST Implementatiomedt “SST-SIP-Trunk-Region-G.729” or equivalent

If you'll be doing a mix of both, then you will néeo create both Regions.

For a G.711 region configure G.711 for use betweenm existing Regions.

For a G.729 region configure G.729 for use betwernm existing Regions.

If you will be implementing both then ensure thagddition to the Regions that you have sufficieatscoder resources to allow
calls between both regions. Refer to the Cisco ameuation for configuring and adding transcodergoiar CUCM environment.
Save the configuration.

5. Configure a Device Pool(s)
System -> Device Pool -> Add New
For a G.711 only SST implementation make a G.7id@ePool Name it SST-Device-Pool-G.711 or equivale
For a G.729 only SST implementation make a G.728d@ePool. Name it SST-Device-Pool-G.729 or equmal
For a mixed SST implementation you will have tofegure two Device Pools.
Assign the appropriate region to the Device Pool.
Other setting such as Date/Time Group, Media RegoGroup List etc... will have to be configured acdogdo your CUCM
environment.
Note that (O members) will initially be assignedhtie Device Pool until you individually or via Bulkdministration add the IP
phones to the Device Pool
Save the configuration.

6. Configure the SIP Trunk
Device -> Trunk — Add New
For Trunk Type Select SIP Trunk
The Device Protocol will automatically be populateith SIP, click Next
For a G.711 Only SST implementation make a G.7PLTunk, name it SST-SIP-Trunk-G.711 or equivalent.
For a G.729 Only SST implementation make a G.7ET3unk, name it SST-SIP-Trunk-G.729 or equivalent.
For a mixed SST implementation, you will have tafigure two SIP Trunks.
Add the appropriate Device Pool that you previouslgfigured in Step 5 above.
The following steps are the same for either CODEIEcted.
Check the check box for “Use Device Pool Calledyaransformation CSS”
Check the check box for “Use Device Pool CallingtyParansformation CSS”
Check the check box “Redirecting Diversion Headeli2ry — Outbound”.
Destination IP Address will be the Sprint ManagédBE. Get this from your Sprint Account Team.
Add the SIP Trunking Security Profile previouslynéigured in Step 3 above.
Add the SIP Profile previously configured in Steplibve.
Save the configuration.

7. Configure a Route Group(s)
Call Routing -> Route/Hunt -> Route Group
Add New
For a G.711 Only SST implementation make a G.71t&Group, name it SST-RG-G.711 or equivalent.
For a G.729 Only SST implementation make a G.72%&Group, name it SST-RG-G.729 or equivalent.
For a mixed SST implementation, you will have tafigure two Route Groups.
From the Available Devices select the appropridRetBink previously configured in Step 6 above.
Save the configuration.

8. Configure a Route List(s)
Call Routing -> Route/Hunt -> Route List
Add New
For a G.711 Only SST implementation make a G.71dt®bist, name it SST-RL-G.711 or equivalent.
For a G.729 Only SST implementation make a G.72%&bist, name it SST-RL-G.729 or equivalent.
Select the appropriate Cisco Unified Communicatidiamager Group
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Click Save

In the next screen click on Add Route Group

From the Route Group Member Information list, sethe Route Group previously configured in Stefb@\e.

Leave all other fields with their default values.

Click Save

In the Route List Information screen that displagse that the Route List Details in the bottom kefhd corner display the correct
Route Group.

9. Configure Route Patterns
Due to the complexity and individual needs of evamerprise. Configuring any enterprise dial pstbject to a number of
variables.
Please refer to the appropriate Cisco documentétioconfiguring Route Patterns.
Each Route Pattern will need to point to its pecpe Route List. You may need to have multipleteopatterns for different dialing
restrictions.
If you are implementing a mix SST deployment yowhave to have multiple duplicate Route Patterrsejparate partitions point to
different Route List depending on the CODEC beiagdi
Engage your Sprint and Cisco account teams fottiaddi information.

10. If you are going to implement SST with a single CBDthan existing partitions and Calling Search epage probably sufficient.
Reconfiguring the Route Patterns / Route Grougmotnt to the proper SIP trunk maybe all that isuiee. If you will be implementing
multiple CODEC's for SST then you may have to degdie existing partitions and Calling Search spaties.below table is a typical dial
plan that includes an Internal Partition for alldRones, a VVoicemail Partition and local, longatise and international partitions and
Calling Search spaces. In order to make it easiantlerstand and trouble shoot we have named eattiqn and calling search space
with the particular CODEC that the device origingtdr terminating the call will use. In actual giee you might be able to use your
existing partitions and calling search space far ofithe CODEC’s and simply copy those to supgwetdther CODEC..
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Calling Search Space

Partition (s)

Use

SST-Internal-CSS-G711

SST-Internal-PT-G711
SST-Internal-PT-G729
SST-Voicemail-PT-G711

Allows IP phones in G711 region to
talk to IP phones in the G729 region|

SST-Internal-CSS-G729

SST-Internal-PT-G729
SST-Internal-PT-G711
SST-Voicemail-PT-G729

Allows IP phones in G711 region to
talk to IP phones in the G729 region|

SST-Local-CSS-G711

SST-Internal-PT-G711
SST-Internal-PT-G729
SST-Voicemail-PT-G711
SST-Local-PT-G711

Access for G711 region phones to
Local Numbers

SST-Local-CSS-G729

SST-Internal-PT-G729
SST-Internal-PT-G711
SST-Voicemail-PT-G729
SST-Local-PT-G729

Access for G729 region phones to
Local Numbers

SST-LD-CSS-G711

SST-Internal-PT-G711
SST-Internal-PT-G729
SST-Voicemail-PT-G711
SST-Local-PT-G711
SST-LD-PT-G711

Access for G711 region phones to
Local and LD Numbers

SST-LD-CSS-G729

SST-Internal-PT-G729
SST-Internal-PT-G711
SST-Voicemail-PT-G711
SST-Local-PT-G711
SST-LD-PT-G711

Access for G729 region phones to
Local and LD Numbers

SST-Intl-CSS-G711

SST-Internal-PT-G711
SST-Internal-PT-G729
SST-Voicemail-PT-G711
SST-Local-PT-G711
SST-LD-PT-G711
SST-Intl-PT-G711

Access for G711 region phones to
Local, LD and International Numberg

SST-Intl-CSS-G729

SST-Internal-PT-G729
SST-Internal-PT-G711
SST-Voicemail-PT-G729
SST-Local-PT-G729
SST-LD-PT-G729
SST-Intl-PT-G729

Access for G729 region phones to
Local, LD and International Numberg

Your dial-plan will probably be different.

11. Adding IP Phones to Device Pools

Device -> Phone

Select a phone from the list or Add New
In the Device Pool drop down list select the appedp Device Pool previously configured in Stephbwe.

Save the configuration.

Screen Shots Showing CUCM Configuration Changes

Service Parameter Configuration Screens

System -> Service Parameters -> Server -> Ciscid@ahger
Scroll down to the “Clusterwide Parameters (Devic®IP)” Section
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Ele  Edit Miew Faworites Inols  Help

Q- © - [® B @

3 Service Parameter Configuration - Microsoft Internet Explorer

SO search Sipravaries €8 (- o

A | €] hitps://208 2 204,122 cemadmin/serviceP aramSave. datshawal—False

alialn  Cisco Unified CM Admi

cisco

For Cisco Un

d Communications Solutions

System ~

Service Parameter Configuration

Q Save Set to Default Q Acvanced

CallRouting =  MediaResources +  “oice Wil ~

Application »  User Management .

Bulk Administration »  Help

Related Links:

Parameters for &l Servers »

|2

— Clusterwide Parameters (Device - SIP)
Retry Count for SIP Bye *

Betry Count far SIP Cancel *
e ——

Retry Count for SIP Invite *

S Cnont T ><
Betry Count for SIP Relixx *
Retry Count for SIP Publish *
Retry Count for SIP Response *
SIP Connect Timer *

SIP Discannect Timer *

SIP Expires Timer *

SIP PRACK Timer *

SIP Rel1xx Timer *

SIP Trying Timer *

SIP Publish Timer *

SIP Rel1xx Enabled *

SIP Min-SE Value *

£1PS URI Handling *

SIP statistics Periodic update Timer

SIP Session Expires Timer
SIP Trunk TspReq Retry *

SIP TCP Unused Connection Timer *

SIP TCP Timer *

SIP Station UDP Part Thrattle Threshold *

SIP Trunk UDP Port Throttle Threshald *

Send SIP Multicast TTL in SDP *
Default PUBLISH Expiration Timer *

Minimum PUBLISH Expiration Timer *

[10 ] 10
T | 10
E | : |
% | ?
[10 ] 10
B | i
B | s
[s00 ] so0
[s00 ] s00
[180000 | 150000
[s00 ] so0
[s00 ] s00
[500 | s00
[s00 ] so0
| False ~| False
[1800 ] 1800
| Reject ~| Reject
* [z | :

* [1800 ] 1800
[z | 2
|14 | 14
[s | °
|5EI | so
|ZEID | zoo
| False ~| False
[z800 | 3600
[s0 ] &0

1%

S @ mtermet
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SIP Profile Configuration Screens

Device -> Device Settings -> SIP Profile (No Chasffem Default)

2 SIP Profile Configuration - Microsoft Internet Explorer

EEX
aw

File Edit View Favorites Tools Help
@ Back (L)) E‘ @ _‘b /,ﬂ' search E\\( Favorites  {£2) L(_: = :; " ] |_| ﬁ @’k ﬁ
Ackress |4] hktps:/f135,11, 102,11 fcomadminfsipProfieEdt, dotkey=108de50-M6e-6r4a-6221 544550406235
Cisco Unified CM Administration
For Cisco Unified Communications Solutions
System ~  Call Routing =  Media Resources = Voice Mail »  Device = Application ~  User Managemert ~  Bulk Sdministration = Help +
SIP Profile Configuration
Q Save x Delete Capy %’ Reset ¥ Apply Config ES: A Neww
~
— Status
@ Status: Ready
@ All SIP devices using this profile must be restarted before any changes will take affect.
— SIP Profile Information
Narne ™ [S5T SIP Profile |
Description |Default SIP Profile |
Default MTF Telephony Event Payload Type® i101 |
Resource Priority Namespace List |< Nane > .,.|
Esrly Offer for G.Clear Calls® [Disabled v
[Jredirect by application
[Jisable Early Media on 180
[Joutgoing T.38 INVITE include audia mline
CIEnable AnaT
— Parameters used in Phone b |
Timer Invite Expires (seconds)™ |130 |
Timer Register Delta (seconds)® |5 |
Timer Reaister Expires {secands)® |3suu |
Tirner TL (msec)* [500 |
Timer T2 (msec)™® [4000 |
Retry INVITE* |6 |
Retry Non-INVITE® [10 |
Start Media Port® [16384 |
Stop Media Port™® [32768 |
Call Fickup URI* |x-ciseo-serviceuri-pickup |
Call Pickup Group Other URT® [x-cisco-serviceuri-opickup ]
Call Fickup Group URL* |x-ciseo-serviceuri-gpickup |
Mest Me Service URT™ |x-cisco-serviceuri-mestms ] ~
&] Done S @ Internet

Second Screen
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2 SIP Profile Configuration - Microsoft Internet Explorer

Flle Edit View Favorites Tools Help
@ Back - -\3) E' @ f /‘-" Search ‘{wx\r Favorites @ &3 - :;‘ ﬂ |_J @ @:{ ﬁ
Addizss |i§] https:/199.11.102, 11 {cemadminsipProfleEdit, do?key=108de850-008e-feda-6221-54d550408238
wlwln  Cisco Unified CM Administration REaean
€I5€® £y cisco Unified Communications Solutions Aty
System »  Call Routing »  Media Resources = Voice Mail v Device = Application ~  User Managemert »  Bulk Administration = Help +
SIP Profile Configuration Related Links:
Q Save x Delete Copy % Reset £ Apply Config I%i Akl Mewy
. (A Giaty survistan opeRp | —
Call Pickup Graup URT* ix-c\scu-ser’wceur’i-gp\ckup ! 1
Meet Me Service LURI* |x-cisco-serviceuri-meetme |
User Info* [mone vl
DTHF DB Level* [Morminal v
call Hold Ring Back* [off v
Anonymaous Call Block* [off v|
Caller 1D Blocking* [off ¥
Do Kot Disturb Control* [user vl
Telriet Level for 7940 and 7960* | Disabled vl
Timer Keep &live Expires (seconds)® |120 |
Timer Subscribe Expires {seconds)* |120 |
Timer Subscribe Delta (seconds)™® |5 |
Maximum Redirections* |70 |
ff Hook To First Digit Timer {milliseconds)* |15000 |
Call Forward LRI |x—ms:n—servmauri—:fwda\l |
Abbreviated Dial URT* |x—ms:n—servmauri—ahhrd\a\ |
Conference Join Enabled
[CIrFc 2543 Hold
Serni Atended Transfer
[Jenable vap
D Stutter Message Waiting
Ocal stats
Trunk Specific Configuration
Reroute Incoming Request to new Trunk based on® ‘ Mever w
-
@ *_ indicates required item. L |
v
& S @ Intemst
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SIP Trunk Security Profile Configuration Screens

System -> Security Profile -> SIP Trunk Securitpfite

[ e e e e T

Monce validity Time (mins)* |

®.509 Subject Mame ‘

Incoming Part™

[s080 ]

[Enable Application Levsl Authorization

Ilﬂccept out-of-Dialog REFER l

—
[T &ccept Unselicited Motification

[ aceept Replaces Header

[JTransmit Security Status

- ) (o) (o) (o) (Cmmcoris ) (aagmen )

@ *_indicates required itemn

&] Done

5 @ Intermet
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Region Configuration Screens For Both G.711 and G2B Regions

System -> Region (G.711 Region)
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System -> Region (G.729 Region)

Device Pool Configuration Screens

System -> Device Pool —> (G.711 Device Pool)
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System -> Device Pool —> (G.729 Device Pool)
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SIP Trunk Configuration Screens - 1 of 3

Device -> Trunk (G.711 SIP Trunk)
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SIP Trunk Configuration Screens — 2 of 3

SIP Trunk Configuration Screens — 3 of 3
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Route Group Configuration Screens

Call Routing -> Route/Hunt —> Route Group (For @)1

Call Routing -> Route/Hunt —> Route Group (For ®)2

© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 30 of 36



© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 31 of 36



Route List Configuration Screens

Call Routing -> Route/Hunt —> Route List (G.711)

Call Routing -> Route/Hunt —> Route List (G.729)

© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 32 of 36



© 2009 Cisco Systems, Inc. All rights reserved.
Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com
Page 33 of 36



Adding IP Phones to Device Pools

Device -> Phone (G.711)

Device -> Phone (G.729)
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Acronym Definitions

SIP Session Initiation Protocol

MGCP Media Gateway Control Protocol

SCCP Skinny Client Control Protocol

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