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AT&T Objectives 

¥! Advise our customers regarding Asterisk application 

¥! Test SIP trunking to AT&T Network 

–! Asterisk Business Edition C.1.6.2 

–! Asterisk 1.4.15 

¥! Develop Customer Configuration Guide 

¥! Include in Customer Care process 
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AT&T Services Tested 

¥! Managed Internet Service Ð MIS ¨ 

–! Direct Internet access via T1, T3 and OCx access 

¥!BVOIP IP-Flexible Reach ¨ 

–! VOIP service with bi-directional calling, includes DID numbers 

http://www.business.att.com/enterprise/Family/eb_voip/eb_ip_flexreach/  

¥! AT&T Voice Outbound IP Connect Service  Ð AVOICS ¨ 

–! Wholesale VOIP service with outbound only calling 

http://www.business.att.com/wholesale/Family/w_ip/w_voip/  
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AT&T VOIP Service Connection 

¥! Delivered via AT&T Managed  Internet Service (MIS) 

¥! Network Address Translation (NAT) function 

¥! Two IP addresses for SIP traffic 

–! Signaling address 

–! Media address (can be overloaded with NAT) 

¥! Redundant Session Border Controllers (SBC) 
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AT&T Test Expectations 
¥! Basic phone call 

–! Review SIP implementation (Called & Calling Numbers) 

–! Codec support (G.711, G.729ab, G.726) 

–! Call duration 

–! Number privacy, RFC 3325 

–! Voice Quality  

¥! RFC 2833 compliance 

–!  DTMF tone generation and detection 

¥! G3 FAX, excluded T.38  

¥!Hold, Transfer, Conferencing 

¥! Auto-Attendant, Voicemail 

¥! Find Me / Follow Me 

¥! Redundancy with Session Border Controllers 

=========  included T.38  
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Asterisk Certification Architecture 
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Sample Customer Endpoint Equipment 

¥! IBM x336 Server running CentOS 4.5 

¥! Polycom 600 phones, Version 3.0.1 (2.2.0) 

¥! Snom 360 phone, Version 6.5.17 (6.5.10) 

¥! Mediatrix 1102 Adapter Version 5.0.23.138 (.153) 

¥! Cisco LAN Switch / Router 

¥! Fax machine 

Not an endorsement of any vendor 
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Asterisk Aspects Not Tested 

¥! Call Load Performance 

¥! Asterisk Realtime 

¥! Graphical User Interfaces (GUIs) 

¥! PRI, T1 or analog interfaces (except for  
 PSTN alternate routing) 

¥! Non-SIP IP telephony protocols 
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Asterisk Configuration Highlights 

¥! RTP Ports  => rtp.conf 

¥! Dial Plan Setup => extensions.conf 
¥! Build station call processing, auto-attendant, routing 

¥! Privacy Headers => extensions.conf 
¥! Use dial plan to invoke 

¥! Stations => sip.conf 

¥! Codecs =>  sip.conf 
¥! Order impact 

¥! Session Border Controller Redundancy => sip.conf 
¥! Use”qualify” parameter to heartbeat (SIP OPTIONS) with SBC 

Asterisk configuration files 
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Certification Issue Areas 

¥! Basic phone call 
–! G.729 Annex B codec support not available 
–! Codec ordering differences 

¥! RFC 2833 compliance 
–!  DTMF transmission from Asterisk IP phones to PSTN 

¥! Sequence number not advancing - Asterisk 1.2.x only 
¥! Functional, with caveat, in Asterisk 1.4.15, ABE C.1.6.2 

Ð! Only applies to IVR type applications resident on PSTN, not dialing 
Ð! Rapid and repeated entry of same  DTMF digit can result in loss 
Ð! Strings of differing DTMF digits are detected correctly 

¥! Depends on gateway implementation 

¥! FAX 
–! G3... Later T.38 
–! Codec ordering differences 

¥! Hold, Transfer, Conferencing 
–! No ringback in some blind transfer scenarios 
–! Minor DTMF issues when two party call joins conference bridge 
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SIP Codec Negotiation, Asterisk Style 

PSTN PRI 

IBM x336 
CentOS 4.5 

Sonus 
GSX Gateway 

FAX G.726 
G.729 
G.711 

Analog 
G.711 
only 

G.711 

G.711 

G.711 G.711 

From 
Network 

To 

IP 
Network 

Outgoing 
Fax Call 

Incoming 
Fax Call 

G.711 

G.729 
G.711 
G.726 

G.711                    AT&T Network 

G.711 
G.729 
G.726 



© 2008 AT&T Knowledge Ventures. All rights reserved. AT&T  
and the AT&T logo are trademarks of AT&T Knowledge Ventures. Page 13 

To INVITE and Re-INVITE, That Is The Question 

¥! INVITE Ð Media through Asterisk server Ð canreinvite=no  
–! Fewer problems / more robust 
–! Creates extra server load (Not Tested!!) 

¥! Re-INVITE Ð Media direct to phone Ð canreinvite=yes  

–! Music-On-Hold and certain phone test cases have HOLD issues 
¥! 491 Ð Request Pending message 
¥! Hangup 
¥! Seems to work correctly in 1.4.21.2 

¥! directrtpsetup  Ð Experimental Asterisk setting 
–! Sends phoneÕs IP address in INVITE to network 
–! Avoids a Re-Invite 
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AT&T - Asterisk Gotchas 

¥! Multi-vendor issues Ð Different devices/firmware act differently 

¥! Sending a video codec (e.g. h263, h263+) in the SIP INVITE 
–! Not ignored by AT&T network 
–! Results in failed call 
–! Verify disallow in sip.conf 

¥! Watch out for NATs 
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Asterisk Certification Status Summary 

¥! Fundamental phone calls / functions completed successfully 

¥! Media transport via Asterisk or directly from IP Phone 

¥! Asterisk Issues 
–! DTMF transmission from Asterisk IP phones to PSTN (RFC 2833) 

Ð! Broken with Asterisk Business Edition A or B (Asterisk 1.2.x) 
Ð! Resolved, with caveat, in Asterisk 1.4.15, ABE C.1.6.2 

–! Codec ordering  
Ð! Set in sip.conf 
Ð! Asterisk all too happy to transcode (mediate) 

–!  No Ringback during blind transfers  

–! Call Disconnect process with ÒRe-InvitedÓ media 
Ð! On hang-up, Asterisk re-invites endpoint and then sends Bye to

 endpoint 
Ð! No impact on call 
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