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Introduction 

  The purpose of this document is to detail the steps and configuration necessary for Cisco Unified CallManager 5.0 to interoperate with 
the Alcatel Omni PCX 4400 running software release 6.0 via SIP Trunk.  It also includes information on interoperability issues, features 
and limitation with this type of integration. 
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Limitations 

  Alcatel Omni PCX 4400 acts a SIP Proxy server whereas Cisco Unified CallManager (CUCM) acts as a SIP Back-to-Back User-Agent 
(B2B-UA). 

  “Media Termination Point Required” check box must be enabled on the CUCM SIP Trunk for basic call to work. Without MTP check 
box on the SIP trunk, CUCM is performing “delay-media” and Alcatel call server reject the call with a SIP 488 error message.  It seems 
like Alcatel does not support SIP delay media connection, therefore, the “Media Termination Point Required” checkbox must be enabled 
under the SIP Trunk configuration in order for the two systems to interoperate successfully. 

  “Redirect by Application” checkbox must be enable under the SIP Profile used by the SIP Trunk in order for External Call Forwarding 
to work properly. 

  For CLIP and CNIP features: 

- Alcatel Omni PCX 4400 with software release 6.0 does not support passing the name and number information across the Public 
SIP trunk using “P-Asserted-Id” or “Remote-Party-Id” fields.  CUCM on the other hand, does support the feature using “Remote-
Party-Id” field to pass the name and number information across the SIP Trunk.  As a result of the differences, both systems will 
use the information from the SIP INVITE From header as the caller information. 

  For CLIR and CNIR features: 

- Alcatel Omni PCX 4400 with software release 6.0 does not support Calling Name and Number Restriction across the Public SIP 
Trunks using “P-Asserted-Id” with “privacy” or “Remote-Party-Id” with “privacy” fields.  CUCM does support these features 
using the “Remote-Party-Id” and “privacy” fields. 
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  For COLP, CONP, COLR and CONR features: 

- Alcatel Omni PCX 4400 with software release 6.0 does not support Connected Name and Number presentation and/or restriction 
across the Public SIP Trunk.  CUCM does support these features using “Remote-Party-Id” and “privacy” fields. 
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  For Alerting Name: 

- Alcatel Omni PCX 4400 with software release 6.0 does not support Alerting Name feature support across Public SIP Trunk.  
CUCM does support Alerting Name feature using “Remote-Party-Id” field.  Since both systems do not interoperate with one 
another, both systems kept the dialed number on the phone. 

  For SIP Blind Call Transfer: 

- Both Alcatel Omni PCX 4400 phones and Cisco Unified CallManager TNP phones (7961, 7970, 7971 and 7911) do not support 
SIP Blind Call Transfer.  With SIP Blind Call Transfer, the transferor places the original call on hold and dials the target.   The 
transferor then uses SIP signaling to redirect the transferee to the target.  There is no call made to the target prior to transfer.  The 
timing of when the transferor drops out of the call depends on the transferor’s implementation of this feature, but most likely the 
drop occurs when the transferor is notified that the redirect operation was accepted. 

  For Attended Call Transfer: 

- Both systems support Attended Call Transfer feature where the transferor places the transferee on hold and calls the target.  After 
conversing with the target, the transferor completes the transfer and drops out of both calls. The transferee is automatically taken 
off of hold and connected to the target.  However, they are not able to update the phone displays properly after the transfer is 
completed.  This is due to the differences between the two systems method of passing the name and number information across 
SIP Trunk.   

  For Early Attended Call Transfer: 

- Both systems support Early Attended Call Transfer feature but there are some interoperability issues with the Alcatel Omni PCX 
4400 software with their SIP software stack.  With Early Attended Transfer, the transferor places the original call on hold and 
calls the target.  Upon hearing ring-back tone, the transferor transfers the call to the target and drops out of both calls.  The 
transferee hears ring back while the target’s phone is alerting.  When the target answers, a connection is established between 
transferee and target. 

- One example of call transfer failed to complete is for Early Attended Local Call Transfer (where Alcatel phones are the transferor 
and the target phone). The call scenario is when CUCM SCCP phone (3503) calls Alcatel digital phone (6003) and 6003 perform 
early attended transfer to another Alcatel digital phone (6004).  From an external sniffer trace capture, it looks like there is an 
Alcatel software issue with not sending CUCM the right dialog to be replaced within the SIP Refer message.  To Alcatel phone 
6003, there are 2 dialogs. One is from the SCCP 3503 to Alcatel 6003 which is D1.  The other one is Alcatel 6003 to Alcatel 
6004 which is D2.  The issue is Alcatel 6003 send a SIP Refer w/replaces header to SCCP 3503 for the D1 dialog (to replace 
itself).  It should have sent a SIP Refer w/replaces header to replace Alcatel 6004 (D2 dialog).  Since Alcatel phone 6003 sends 
Refer w/replaces to CUCM with D1 (instead of D2), CUCM software logic think this dialog is its own dialog and thus reject this 
Refer/replaces call.  If Alcatel phone 6003 would have send to CUCM a SIP Refer w/replaces with D2, CUCM would have send 
a SIP Invite w/replaces with D2 to Alcatel PBX via the SIP trunk to replace Alcatel 6003 D1 dialog. 

- Another example of call transfer failed to complete is for Early Attended Network Call transfer (where Alcatel phone is the 
transferor and CUCM phones are the calling party and target phone).  The call scenario is when CUCM SCCP phone (3503) calls 
Alcatel digital phone (6003) and 6003 perform early attended network call transfer back to another CUCM SCCP digital phone 
(3504).  Alcatel send a SIP Refer message with an incorrect Refer-To header.  In the SIP Refer message, the Refer-To header has 
“sip:SIP_2@172.20.9.250”.  The host portion of the SIP URL has “SIP_2” which is the SIP trunk group name configured on the 
Alcatel Onmi PCX Call Server.  It should have been populated with the CUCM transferred-to party phone information instead.  
This issue might be related to Alcatel software release defect id: XTSce61919 which indicate that their software SIP stack should 
use re-INVITE method instead of Refer message for Public SIP Trunk.  This Public SIP Trunk feature will be available with their 
next software release. 

  For Local Call Forwarding (CFU, CFB, and CFNA): 

- Both systems support Local Call Forwarding (CFU, CFB, and CFNA) features.  Calls are forwarded properly and establish audio 
path.  However, they are not able to update the phone display properly after the call is forwarded because the two systems have 
different methods of passing the name and number information. 

  For Network Call Forwarding (CFU, CFB, and CFNA): 

- There are interoperability issues between the two systems depending on the call flow. 

- For CFU and CFB call scenario where Alcatel station is the forwarding station, it required CUCM to have the “Redirect by 
Application” checkbox enabled under the SIP Profile used by the SIP Trunk to the Alcatel Call Server.  For example, for the call 
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flow where CUCM SCCP phone (3503) calls Alcatel digital phone (6003) and 6003 perform CFU or CFB back to another 
CUCM SCCP phone (3504), without the checkbox enabled, the call would fail.  Analysis of the sniffer trace capture for the call 
shows CUCM sends out a regular SIP Invite message to Alcatel.  Alcatel respond back with SIP 302 Move Temporarily with 
Contact header “sip:3504@172.20.9.250”.  CUCM then send a new SIP Invite message to Alcatel based on the Contact header 
information.  Alcatel again respond back with SIP 301 Move Permanently with a different Contact header 
“sip:3504@172.20.150.251”.  CUCM perform digit analysis on the information in the contact header and send out another SIP 
INVITE to itself.  CCM then failed the call with SIP 500 Internal Server Error message because incoming SIP Invite request 
came from a source address that doesn’t match a configured SIP trunk in the CUCM database and thus the call will get rejected.  
To resolved this issue, we need to either add a SIP trunk on the CUCM to itself so that it would pass the source address validation 
or enable/check the “Redirect by Application” checkbox under the SIP Profile used by the SIP Trunk to the Alcatel PBX.  With 
the “Redirect by Application” checkbox enabled, CUCM uses a different application layer which has the necessary information 
and is smart enough to do a “CUCM internal” join call without the need to do CUCM to CUCM SIP Invite hairpin call. 

- For CFNA call scenario where Alcatel station is the forwarding device, one way audio is encountered.  The call flow is CUCM 
SCCP phone (3503) calls Alcatel digital phone (6003) and 6003 perform CFNA back to another CUCM SCCP phone (3504).  
This issue occurred independent of whether the “Redirect by Application” checkbox is enabled or not.  Audio path work fine in 
the direction of forwarded-to party (3504) to the calling party (3503) but not vice versa.  From the sniffer trace capture for the 
call, it showed that Alcatel sends different RTP port in the SDP section of the SIP 180 Ringing message vs the SIP 200 OK 
message.  This is not legal per SIP RFC3261 where it’s state the following “If the initial offer is in an INVITE, the answer MUST 
be in a reliable non-failure message from UAS back to UAC which is correlated to that INVITE.  For this specification, that is 
only the final 2xx response to that INVITE.  That same exact answer MAY also be placed in any provisional responses sent prior 
to the answer.  The UAC MUST treats the first session description it receives as the answer, and MUST ignore any session 
descriptions in subsequent responses to the initial INVITE.” 

- For CFU, CFB and CFNA call scenarios where CUCM phone is the forwarding device, one way audio is encountered but for a 
different reason.  As an example, for the call flow where Alcatel phone (6003) call CUCM phone (3503) and 3503 perform a 
CFNA back to another Alcatel phone (6004), one-way audio occurred.  Audio path work fine in the direction of the calling party 
(6003) to the forwarded-to party (6004) but not the other way.  This one-way audio issue depends on when the forwarded-to party 
answered the call.  If the forwarded-to party answers the call on the first ring, then audio works fine in both direction.  If the 
forwarded-to party answers the call after the 2nd ring, then one-way audio occurred.  From the sniffer trace capture and further 
analysis, it was determined that the root cause of the issue is due to ICMP port unreachable errors received from the Alcatel PBX 
on the original call leg during the alerting state of the call forwarding.  For the call which the forwarded-to party answers the call 
after the 2nd ring, there were ICMP port unreachable error messages sent by the Alcatel PBX to the CUCM.  After a certain 
amount of ICMP port unreachable error message received within a certain time frame, CUCM will stop transmitting the RTP 
packets toward the Alcatel PBX, therefore this led to the one way audio issue.  We are not sure as to why Alcatel sends ICMP 
port unreachable during the call forwarding timeframe. 

  For Call Conference: 

- Both systems support call conferencing using their local media resources.  However, if Alcatel station is the conferencing party, 
local conference will work fine but network conference encounter one-way audio issue.  For example, a network conference call 
where Alcatel station conference in a CUCM station via the SIP trunk, one-way audio occurred between the conference-in party 
and the rest of the other parties.  Analysis of the sniffer trace capture showed when the Alcatel station perform the conference, 
Alcatel send out a SIP INVITE message to CUCM with SDP parameter “a=sendonly”.  Alcatel did not sent any additional SIP 
signaling message to change the SDP parameter to “a=sendrecv” for the call leg.  As a result, one way audio occurred. 

  No support for centralized voice messaging across the SIP Trunk.  CUCM uses SIP Diversion header to pass the redirect information 
across the SIP Trunk.  However, Alcatel Omni PCX 4400 does not support SIP Diversion header.  Therefore, without the redirect 
information, Centralized Voice Messaging will not work. 

  No support for MWI- Message Waiting Indication (lamp ON, lamp OFF) across the SIP Trunk.  CUCM uses SIP Notify message with 
SDPinfo Message Waiting=yes/no for MWI notification.  Alcatel Omni PCX 4400 does not support MWI across their SIP Trunk and 
will not interpret those SIP signaling messages. 

  RFC2833 - Dynamic RTP Payload Type for DTMF-relay : 

- There is an interoperability issue with Alcatel Omni PCX 4400 regarding the RFC2833-Dynamic RTP Payload Type for DTMF-
relay feature.  For outbound call, Alcatel Omni PCX 4400 does not advertise the support for RFC2833 to CUCM.  Therefore, 
when digits are pressed on the Alcatel digital station, Alcatel media gateway pass the DTMF tones via in-band within the RTP 
packets using the voice codec negotiated.  Cisco Unified CallManager or Cisco Unity currently does not support the passing of 
DTMF digits in-band via the voice codec.  The DTMF digits will be treated the same as the caller voice stream and will not be 
interpret as DTMF events.  For inbound call, if the incoming SIP INVITE message contained SDP parameter for the support of 
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RFC2833 DTMF-relay event, Alcatel Omni PCX 4400 will support it.  However, Alcatel does not acknowledge this support back 
to the originator device.  As a result, the originating side assumes RFC2833 DTMF-relay feature is not supported since there was 
no acknowledge back.  Therefore, any RFC2833 DTMF-relay event packets send by Alcatel will be treated as regular voice 
stream packet and not DTMF-relay digits.  In summary, since RFC2833-Dynamic RTP Payload Type for DTMF-relay feature 
was not properly negotiated by both side, Alcatel should not have send out digits via RFC2833. 

System Components 

Hardware Requirements 

  Cisco Unified CallManager MCS -7835H server,  

  Unity server MCS-7835H 

  Catalyst switch 3560  

  Cisco IP Phones 7970, 7971, and 7960  

  Alcatel Omni PCX 4400 PBX with INT-IP2 card 

  Alcatel digital phone (4035) 

Software Requirements 

  Cisco Unified CallManager Release 5.0.4 

  Cisco Unity Release 4.0(4) 

  Alcatel software  R6.0 (f1.602) 

  c3560-i5-mz.122-20.EX.bin 

Features  

Features Supported 

  CLIP-Calling Line (Number) Identification Presentation  (Please see the Limitation section) 

  CLIR-Calling Line (Number) Identification Restriction  (Please see the Limitation section) 

  CNIP-Calling Name Identification Presentation  (Please see the Limitation section) 

  CNIR-Calling Name Identification Restriction  (Please see the Limitation section) 

  Alerting Name (Please see the Limitation section) 

  Attended Call Transfer (Please see the Limitation section) 

  Early Attended Call Transfer (Please see the Limitation section) 

  CFU-Call Forwarding Unconditional   (Please see the Limitation section) 

  CFB-Call Forwarding Busy  (Please see the Limitation section) 

  CFNA-Call Forwarding No Answer  (Please see the Limitation section) 

  COLP-Connected Line (Number) Identification Presentation  (Please see the Limitation section) 

  COLR- Connected Line (Number) Identification Restriction  (Please see the Limitation section) 

  CONP-Connected Name Identification Presentation  (Please see the Limitation section) 

  CONR-Connected Name Identification Restriction  (Please see the Limitation section) 

  Hold and Resume 

  Conference Call  (Please see the Limitation section) 
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  DTMF-relay using RFC2833 (Please see the Limitation section) 

Features Not Supported 

  MWI- Message Waiting Indication (lamp ON, lamp OFF) across the SIP Trunk 

  Call Completion (Callback; Automatic Callback) 

  Blind Call Transfer 

  Callback feature via the SIP trunk 

Configuration 

Configuration Sequence and Tasks 

Alcatel Call Server Configuration: 

1. Alcatel Omni PCX 4400 Software Version and Hardware Configuration List 
2. Configure SIP Network: Translator  Network Routing Table 
3. Configure SIP Trunk group  
4. Configure T2 Trunk Group Type 
5. Configure Virtual Access for SIP 
6. Configure Alcatel SIP Gateway  
7. Configure Alcatel SIP Proxy setting  
8. Configure SIP External Gateway 
9. Configure IP Parameters  
10. Configure GF diversion on joining  
11. Configure call routing (Translator) to Cisco CallManager phone extensions 
12. Configure Alcatel standard users (digital stations) 

Cisco Unified CallManager: 

1. Cisco Unified CallManager Software Version 
2. Enterprise Parameter Top Level Domain Setting 
3. SIP Trunk Security Profile 
4. SIP Phone Security Profile 
5. SCCP Phone Security Profile 
6. SIP Profile for SIP Trunk to Alcatel Call Server/Proxy Server 
7. Standard SIP Profile 
8. Media Resource Group  
9. Media Resource Group List 
10. Assigned MGRL in the Default Device Pool 
11. SIP Trunk to Alcatel Call Server/Proxy Server  
12. SIP and SCCP Device Level and DN Level configuration 
13. Route Pattern to Alcatel phone extensions 
14. Voice Mail Ports for Unity Voice Mail system 
15. Voice Mail Pilot for Unity Voice Mail system 
16. Voice Mail Profile for Unity Voice Mail system  
17. Voice Mail MWI ON and OFF for Unity Voice Mail system 
18. Voice Mail Line Group 
19. Voice Mail Hunt List 
20. Voice Mail Hunt Pilot 

Cisco Unity: 

1. Cisco Unity software version 
2. Cisco Unity Integration with Cisco Unified CallManager 
3. Cisco Unity Voice Mail ports 
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Alcatel Omni PCX 4400 Configuration 

Alcatel Omni PCX 4400 Software Version and Hardware Configuration List: 
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Configure SIP Network: Translator  Network Routing Table: 

 - Ensure the sub-network number used by SIP sets and SIP trunk group have the “Protocol Type = ABC_F” 
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Configure SIP Trunk group: 

 Trunk Group ID:    Enter the trunk group number 

Trunk Group Type:   T2  

Remote Network:    Enter the sub-network number associated with the trunk group. 

Node number:    Enter the node number 

 Q931 signal variant:   Select ABC-F for the main SIP trunk group 

T2 Specification:     SIP 

Overlap dialing:    No 
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Configure T2 Trunk Group Type: 

 IP Compression Type: G.711  
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Configure Virtual Access for SIP: 

 Number of SIP Access: When a SIP trunk group is created, a pair of accesses is automatically created.  

Note: Two SIP accesses allow 60 simultaneous calls on the trunk group. 
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Configure Alcatel SIP Gateway:   

This is Alcatel SIP Call Server configuration: 

 SIP Subnetwork:  Enter the sub-network number used by SIP sets and SIP trunk group 

SIP Trunk Group:  Enter the SIP trunk group number 

IP Address:   Enter the IP Address of the Alcatel Call Server 

SIP Port Number:    Enter the TCP or UDP port number use for SIP signaling message 

SIP Proxy Port Number: Enter the SIP Proxy TCP/UDP port number 
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Configure Alcatel SIP Proxy setting:   
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Configure SIP External Gateway:   

This is Cisco CallManager server configuration 

SIP Remote Domain: Enter the IP address or FQDN of Cisco CallManager server  

SIP Port Number:    Enter the TCP or UDP port number use by Cisco CallManager for SIP signaling message 

SIP Transport type:  Enter TCP or UDP as the transport protocol use for SIP signaling. 
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Configure IP Parameters: 

 Direct RTP:  enable the checkbox for “Direct RTP” 
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Configure GF diversion on joining: 

 Disable the gf diversion on joining parameter by uncheck the box under the following: 

 Other System Parameter  External Signaling Parameters  gf diversion on joining  
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Configure call routing (Translator) to Cisco CallManager phone extensions: 

Select Translator  Prefix Plan  Create a new prefix for 3xxx to use SIP trunk group 12 
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Configure Alcatel standard users (digital stations): 

 Select User  Create  Create a new user for the digital phone 

For a standard user, the URL <username> and <domain> attributes are optional.  They can be completed to make the set accessible to 
the SIP world by a specific SIP URL in form of username@domain type.  If they are not configured, the URL is automatically 
constructed by the system from MAO system configuration data where the URL <domain> takes the SIP gateway IP address (or 
FQDN) as the default value and the URL <username> takes the set directory numbers as the default value.  As an example, the digital 
phone set with DN = 6003 will have SIP URL = 6003@172.20.9.250 where 172.20.9.250 is the IP Address of the Alcatel SIP media 
gateway. 

Alcatel digital type 4035 phone (phone A2 with extension 6003) 
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Alcatel digital type 4035 phone (phone B2 with extension 6004) 

 -  Most of the parameters are the same as extension 6003 with exception to the DN and displayed name. 
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Cisco Unified CallManager Configuration 

Cisco Unified CallManager Software Version 
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 SIP Trunk Security Profile
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SIP Phone Security Profile 
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SCCP Phone Security Profile 
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SIP Profile for SIP Trunk to Alcatel Call Server 
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Standard SIP Profile 
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Media Resource Group 
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Media Resource Group List 
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Assigned MRGL to Default Device Pool  
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SIP Trunk to Alcatel SIP Call Server/Proxy Server 
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SCCP Phone Ext. 3503 Device Level Configuration 
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SCCP Phone Ext. 3503 Directory Number Level Configuration 
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SCCP Phone Ext. 3504 Device Level Configuration 
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SCCP Phone Ext. 3504 Directory Number Level Configuration 
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SIP Phone Ext. 3507 Device Level Configuration 
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SIP Phone Ext. 3507 Directory Number Level Configuration 
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SIP Phone Ext. 3508 Device Level Configuration 
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SIP Phone Ext. 3508 Directory Number Level Configuration 
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Route Pattern to Alcatel PBX digital phone extensions Configuration 
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Voice Mail Ports to Unity Voice Mail system 
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Voice Mail Pilot for Unity Voice Mail system
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Voice Mail Profile for Unity Voice Mail system 
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Voice Mail MWI ON and OFF for Unity Voice Mail system 
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Voice Mail Line Group 
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Voice Mail Hunt List 
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Voice Mail Hunt Pilot 
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Cisco Unity Configuration 

 Cisco Unity Software Version 
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Cisco Unity Integration 

 

 



 

 
© 2006 Cisco Systems, Inc. All right reserved.  

Important notices, privacy statements, and trademarks of Cisco Systems, Inc. can be found on cisco.com 
Page 84 of 87 

 

Cisco Unity Voice Mail Ports  
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Acronyms 

Acronym  Definitions 
CCBS Call Completion to Busy Subscriber 
CCNR Call Completion on No Reply 
CFB Call Forwarding on Busy  
CFNR Call Forwarding No Reply 
CFU Call Forwarding Unconditional 
CLIP Calling Line (Number) Identification Presentation 
CLIR Calling Line (Number) Identification Restriction 
CNIP Calling Name Identification Presentation 
CNIR Calling Name Identification Restriction 
COLP Connected Line (Number) Identification Presentation 
COLR Connected Line (Number) Identification Restriction 
CONP Connected Name Identification Presentation 
CONR Connected Name Identification Restriction 
CT Call Transfer 
CUCM Cisco Unified CallManager 
DNS Domain Name Server 
FQDN Fully Qualified Domain Name 
MWI Message Waiting Indicator 
PSTN Public Switched Telephone Network 
SIP Session Initiated Protocol 
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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 DAMAGES. 
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