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IntroductionIntroductionIntroductionIntroduction    

• This application note demonstrates connectivity between an Avaya S8500 Communications Manager Release 4.0 with Avaya SIP 
Enablement Services (SES) server and Cisco Unified Communications Manager Express (CUCME) Release 7.0 (IOS 12.4[20]T) using a 
Cisco 3845 ISR with SIP protocol. 

• Voice mail testing was not performed because Avaya SES does not support SIP MWI messaging across external trunks. 

• The network topology diagram (Figure 1) shows the test setup for end-to-end interoperability with CUCME Release 7.0 connected to the 
PBX via SIP trunk. Unified IP phones (models 7960 and 7961G) were registered to the CUCME via SIP and SCCP, as shown in Figure 
1. An NM-HDV2 was used for transcoding resources. Validated call flows include basic call using G729 across SIP trunk, caller ID, 
conference using G729 across SIP trunk, call-transfer (hairpin and REFER method), call-forward (hairpin and Moved-Temporarily 
method), call-hold/resume. 

• This application note uses the 3845 ISR router. However, the use of other Cisco voice gateways is also an option because the CUCME 
application is independent of the Cisco platform. The gateway families listed below can run CUCME, but each has different VoIP 
capacity or capability. Please check the product specifications to ensure that you are obtaining the proper device to support your VoIP 
deployment, including add-ons such as DSP resources. 

Cisco 2800 series Integrated Services Router 
Cisco 3800 series Integrated Services Router 
Cisco AS5400 series Universal Gateways 

http://www.cisco.com/en/US/products/ps5854/index.html
http://www.cisco.com/en/US/products/ps5855/index.html
http://www.cisco.com/en/US/products/hw/univgate/ps505/index.html
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Network TopologyNetwork TopologyNetwork TopologyNetwork Topology    

Figure 1.   Basic Call Setup 
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LimitationsLimitationsLimitationsLimitations    

The following section lists known limitations, caveats, or integration issues. 

• The Avaya 4600 series IP SIP phone drops all conference participants if the conference initiator is an Avaya 4600 phone user and drops 
from the conference. Later Avaya phones (9600 series) can perform the ”conference remain” function,.although this has not been tested 
by Cisco. 

• Although some calling name/number and connected name/number updates are achieved during call transfers and call forwards, 
name/number updates are not fully interoperable because Cisco and Avaya use different CLID presentation forms. The CUCME uses 
SIP remote-party-ID headers to present calling and connected name/number updates, while Avaya uses SIP P-asserted-identity headers 
to present these updates 

• A Cisco Unified IP phone registered to CUCME using the SIP protocol cannot be configured to use g711 codec with local CUCME 
phones and g729 across an SIP trunk. A Cisco Unified SIP phone will always set g711 as the priority codec, forcing g711 across the SIP 
trunk. The workaround is to set the Cisco Unified SIP phone to g729 codec only. 

• A Cisco Unified IP phone registered to CUCMEusing an SIP protocol does not support ”blind” transfer. It performs only full-attendant 
and semi-attendant transfer. 

• CUCME does not honor caller ID restriction from Avaya due to the ”From” header format that Avaya uses for caller ID restriction. 
Avaya includes includes the ”anonymous” statement in the ”From” header, but also includes the calling number causing the CUCME  to 
present the calling number to the called party. 

• Mid-call DTMF will not interoperate using in-band form. Only RFC2833 is supported for this integration. 

• The Avaya SES server honors the SIP REFER message during a call transfer initiated by a Cisco Unified CME phone, allowing for the 
optimization of bandwidth for the SIP trunk. However, the Avaya SES server will not send SIP REFER during a call transfer initiated by 
an Avaya phone and will perform an RTP stream hairpin to connect the transferred call. 

• The Avaya SES server honors the SIP ”Moved-Temporarily” message during a call forward initiated by a CUCME  phone, allowing for 
the optimization of bandwidth for the SIP trunk. However, the Avaya SES server will not send the SIP ”Moved-Temporarily” message 
during a call forward initiated by an Avaya phone and will perform an RTP stream hairpin to connect the call forwarded call. 

• Centralized voice mail integration, on either side, was not tested. SIP MWI is not interoperable. 
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System ComponentsSystem ComponentsSystem ComponentsSystem Components    

Hardware Components 

The following hardware was tested: 

• Cisco 3845 Integrated Services Router (ISR) 

• Cisco Unified IP phones 7900 series (C7960 skinny, C7961 SIP) 

• Cisco Catalyst 3560 series switch 

• Avaya S8500 Server 

− TN799 CLAN card 

− TN2312B IP server interface 

− TN2302 media processor card 

• Avaya SIP Enablement Services server 

Software Requirements 

The following software is required: 

• Cisco Unified Communications Manager Express: IOS 12.4(20)T with IPVOICE feature set 

• Cisco Unified IP phone 7960: Skinny P00308000500 load 

• Cisco Unified IP phone 7961: SIP SIP 41.8-3-3S load 

• Avaya S8500: Communications Manager 4.0 

• Avaya SIP Enablement Services server: SES04.0-04.0.033.6 
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FeaturesFeaturesFeaturesFeatures    

Features Supported 

• Basic call with G729 across SIP trunk 

• Calling Name and Calling Number presentation 

• Calling Name and Calling Number restriction (see Limitations section for details) 

• DTMF (RFC2833 only; see Limitations section for details) 

• Toll avoidance and toll bypass 

• Call Transfer using SIP REFER or using RTP stream hairpin (full-attendant, semi-attendant, and blind; see Limitations section for 
details) 

• Call Forward using Moved-Temporarily or using RTP stream hairpin (all, busy, and no answer; see Limitations section for details) 

• Hold/ Resume 

• Three-way conference (see Limitations section for details) 

Features Not Supported 

• Centralized voice mail (MWI) over SIP trunk 
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ConfigurationConfigurationConfigurationConfiguration    

This section contains configuration menus and commands, and describes configuration sequences and tasks. 

Configuring the Avaya S8500 Server 

Software Version 
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IP Server Interface 

 

 

 

Trunk Group 
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Signaling Group 
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Node Names IP 

 

Note:   The name “avayasip1” is the SES IP address. 

IP Network Region 

 
 

Note:   The Codec Set parameter determines what codec values are set to be used. 
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IP Codec Set 
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Uniform Dialing 

 

AAR Analysis 
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Route Pattern 

 

 

Customer options (IP) 
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Configuring the Avaya SIP Enablement Services Server 

Software Version 
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List Users (SIP Phones) 
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List Host (SIP Trunk End Points) 
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List Host Map 
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Host Map Entry 

 



 

 
© 2008 Cisco Systems, Inc. All rights reserved.  

Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com 
Page 22 of 37 

 

Media Server 
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Media Server Settings 
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Configuring the Cisco Unified Communications Manager Express  (Delete if Toll Bypass) 

show version 

Router#sh ver 

Cisco IOS Software, 3800 Software (C3845-IPVOICEK9-M), Version 12.4(20)T, RELEAS 

E SOFTWARE (fc3) 

Technical Support: http://www.cisco.com/techsupport 

Copyright (c) 1986-2008 by Cisco Systems, Inc. 

Compiled Fri 11-Jul-08 02:28 by prod_rel_team 

 

ROM: System Bootstrap, Version 12.3(11r)T2, RELEASE SOFTWARE (fc1) 

 

Router uptime is 1 day, 4 hours, 44 minutes 

System returned to ROM by power-on 

System restarted at 18:55:28 UTC Tue Aug 26 2008 

System image file is "flash:c3845-ipvoicek9-mz.124-20.T.bin" 

 

 

This product contains cryptographic features and is subject to United 

States and local country laws governing import, export, transfer and 

use. Delivery of Cisco cryptographic products does not imply 

third-party authority to import, export, distribute or use encryption. 

Importers, exporters, distributors and users are responsible for 

compliance with U.S. and local country laws. By using this product you 

agree to comply with applicable laws and regulations. If you are unable 

to comply with U.S. and local laws, return this product immediately. 

 

A summary of U.S. laws governing Cisco cryptographic products may be found at: 

http://www.cisco.com/wwl/export/crypto/tool/stqrg.html 

 

If you require further assistance please contact us by sending email to 

export@cisco.com. 

 

Cisco 3845 (revision 1.0) with 483328K/40960K bytes of memory. 

Processor board ID FTX0933A1JA 
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2 Gigabit Ethernet interfaces 

5 Serial interfaces 

2 Channelized/Clear T1/PRI ports 

2 Channelized (E1 or T1)/PRI ports 

1 802.11 Radio 

DRAM configuration is 64 bits wide with parity enabled. 

479K bytes of NVRAM. 

125184K bytes of ATA System CompactFlash (Read/Write) 

 

Configuration register is 0x2102 
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show running-config 

Router#sh run 

Building configuration... 

 

Current configuration : 5333 bytes 

! 

! Last configuration change at 17:14:16 UTC Wed Aug 27 2008 

! NVRAM config last updated at 17:14:17 UTC Wed Aug 27 2008 

! 

version 12.4 

service timestamps debug datetime msec 

service timestamps log datetime msec 

no service password-encryption 

! 

hostname Router 

! 

boot-start-marker 

boot-end-marker 

! 

! 

card type command needed for slot 3 

logging message-counter syslog 

logging buffered 100000000 

no logging console 

enable password cisco 

! 

no aaa new-model 

clock calendar-valid 

network-clock-participate slot 31 

network-clock-participate wic 0 

network-clock-select 1 T1 0/0/02 

! 

                                                                 
1 The NM-HDV2 module must be part of the network-clock scheme in order to share (farm) its DSP resources. These resources 
are used for the transcoding application in this example. 
2 The T1 card providing PSTN access should be part of the network-clock scheme to avoid T1 clock slips. 
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! 

ip source-route 

ip cef 

! 

! 

! 

! 

multilink bundle-name authenticated 

! 

! 

isdn switch-type primary-ni2 

! 

voice-card 0 

 no dspfarm 

! 

voice-card 33 

 dspfarm 

 dsp services dspfarm 

! 

! 

! 

voice service pots 

! 

voice service voip 

 no notify redirect ip2ip 

 allow-connections sip to sip4 

 h323 

 sip 

  min-se  1200 

  registrar server5 

  g729 annexb-all6 

                                                                 
3 This command enables the NM-HDV2 module to farm (share) DSP resources. In this config example, the DSP is used for the 
transcoding application. 
4 Enables the SIP B2BUA feature on CUBE. 
5 Enables the SIP registrar service for SIP end-points to register. 
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! 

! 

voice class codec 17 

 codec preference 1 g729br8 bytes 20 

 codec preference 2 g729r8 bytes 20 

 codec preference 3 g711ulaw bytes 160 

! 

! 

! 

! 

! 

! 

! 

! 

! 

! 

! 

voice register global8 

 mode cme 

 source-address 172.20.8.26 port 5060 

 max-dn 100 

 max-pool 192 

 load 7961 SIP41.8-3-3S 

 tftp-path flash: 

 create profile sync 0070911722917364 

! 

voice register dn  19 

 number 3002 

 name H. Moreno 

 huntstop 

! 

! 
                                                                                                                                                                                                                                      
6 Enables CUBE to accept all G729 codec flavors (annexB, annexA). 
7 This command provides codec selection and codec filtering. 
8 SIP global settings for SIP phone registration. 
9 SIP phone directory number settings. 
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voice register template  1 

! 

voice register pool  110 

 id mac 0015.2B8F.351B 

 type 7961 

 number 1 dn 1 

 template 1 

 dtmf-relay rtp-nte 

 no call-waiting 

 description Moreno 

! 

! 

! 

! 

! 

! 

! 

archive 

 log config 

  hidekeys 

! 

! 

controller T1 0/0/011 

 framing esf 

 clock source line primary 

 linecode b8zs 

 pri-group timeslots 1-4,24 

! 

controller T1 0/0/1 

 framing esf 

 linecode b8zs 

! 

! 

                                                                 
10 SIP phone registration settings. 
11 Configuration of T1 providing PRI PSTN access. 
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! 

! 

! 

interface GigabitEthernet0/0 

 ip address 172.20.8.26 255.255.255.0 

 duplex auto 

 speed auto 

 media-type rj45 

! 

interface GigabitEthernet0/1 

 no ip address 

 shutdown 

 duplex auto 

 speed auto 

 media-type rj45 

! 

interface Serial0/0/0:2312 

 no ip address 

 encapsulation hdlc 

 isdn switch-type primary-ni2 

 isdn overlap-receiving 

 isdn incoming-voice voice 

 no cdp enable 

! 

! 

ip forward-protocol nd 

ip route 172.20.0.0 255.255.0.0 172.20.8.1 

! 

no ip http server 

no ip http secure-server 

! 

! 

! 

! 
                                                                 
12 T1 interface settings (PSTN access). 
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tftp-server flash:P00308000500.bin13 

tftp-server flash:P00308000500.sb2 

tftp-server flash:P00308000500.loads 

tftp-server flash:P00308000500.sbn 

tftp-server flash:cnu41.8-3-2-27.sbn 

tftp-server flash:cvm41sip.8-3-2-27.sbn 

tftp-server flash:dsp41.8-3-2-27.sbn 

tftp-server flash:jar41sip.8-3-2-27.sbn 

tftp-server flash:SIP41.8-3-3S.loads 

tftp-server flash:term61.default.loads 

tftp-server flash:apps41.8-3-2-27.sbn 

! 

control-plane 

! 

! 

! 

voice-port 0/0/0:23 

! 

! 

! 

sccp local GigabitEthernet0/014 

sccp ccm 172.20.8.26 identifier 1 

sccp 

! 

sccp ccm group 1 

 associate ccm 1 priority 1 

 associate profile 1 register mtp00146a7299e0 

! 

dspfarm profile 1 transcode 

 codec g711ulaw 

 codec g711alaw 

 codec g729ar8 

 codec g729abr8 

                                                                 
13 Recommended skinny and SIP phone loads for CUCME 4.3/7.0. 
14 Transcoder settings to register to CUCME for conference calls between g711 and g729 end-points. 
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 codec g729r8 

 codec g729br8 

 maximum sessions 5 

 associate application SCCP 

! 

! 

dial-peer voice 4100 voip15 

 description SIP to AvayaS8500 

 destination-pattern 4... 

 voice-class codec 1 

 voice-class sip g729 annexb-all 

 session protocol sipv2 

 session target ipv4:172.20.212.254 

 dtmf-relay rtp-nte 

! 

dial-peer voice 3000 voip16 

 description incoming dial-peer 

 voice-class codec 1 

 voice-class sip g729 annexb-all 

 session protocol sipv2 

 incoming called-number 3... 

 dtmf-relay rtp-nte 

! 

dial-peer voice 2000 pots17 

 destination-pattern 2... 

  direct-inward-dial 

 port 0/0/0:23 

 forward-digits all 

! 

! 

! 

sip-ua 

                                                                 
15 Outgoing dial-peer to Avaya PBX. 
16 Incoming dial-peer from Avaya PBX. 
17 Outgoing dial-peer to PSTN. 
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! 

! 

telephony-service18 

 sdspfarm units 1 

 sdspfarm transcode sessions 10 

 sdspfarm tag 1 mtp00146a7299e0 

 load 7960-7940 P00308000500 

 max-ephones 96 

 max-dn 192 

 ip source-address 172.20.8.26 port 2000 

 system message CME InterOp 

 max-conferences 8 gain -6 

 call-forward pattern .... 

 moh music-on-hold.au 

 dn-webedit 

 time-webedit 

 transfer-system full-consult 

 transfer-pattern .... 

 secondary-dialtone 9 

 create cnf-files version-stamp 7960 Aug 26 2008 18:56:36 

! 

! 

ephone-dn  1  dual-line 

 call-waiting ring 

 number 3000 

 label 3000 

 description Carlos Vela 

 name Carlos Vela 

! 

! 

ephone-dn  2  dual-line 

 number 3001 

 label 3001 

 description Salcido 
                                                                 
18 CUCME and skinny phone settings. 
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 name C. Salcido 

! 

! 

ephone  1 

 mac-address 000A.416B.8539 

 type 7960 

 keep-conference endcall 

 button  1:1 

! 

! 

! 

ephone  2 

 mac-address 000F.9069.DB2C 

 type 7960 

 keep-conference endcall 

 button  1:2 

! 

! 

! 

line con 0 

 password cisco 

 login 

line aux 0 

line vty 0 4 

 exec-timeout 0 0 

 password cisco 

 login 

! 

scheduler allocate 20000 1000 

end 
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AcronymsAcronymsAcronymsAcronyms    

Acronym  Definitions 

CM Communications Manager 

CUCME Cisco Unified CallManager Express 

DSP digital signal processor 

DTMF dual-tone multi-frequency 

ISR Integrated Services Routers 

MWI Message Waiting Indication 

RTP Real-Time Protocol 

SIP Session Initiation Protocol 
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Important InformationImportant InformationImportant InformationImportant 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 DAMAGES. 
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