Understanding codec negotiation

Applies to VoipNow Professional, VoipNow 3, VoipNow 3.5 and newer!

Overview

A successful codec negotiation is an essential condition for a successful call between two parties. At the same time, an audio stream cannot be
established between two parties unless a mutually supported codec is found and used. The supported codecs are published during the SIP setup of the
call; they are mentioned in the SDP part of the INVITE/200 OK exchange.

In VoipNow's case, the voice passes through Asterisk so an extra negotiation takes place.

Codec negotiation in VoipNow

As mentioned above, because the audio path includes Asterisk, an extra negotiation occurs. The SIP signalling also passes through Kamailio.

In the case of a call from the internal (private) network to the outside (public) network, the flow of the SIP signalling is as follows: Internal caller >>
Kamailio >> Asterisk >> Kamailio >> External callee.

Here is a Wireshark capture of the flow (click to enlarge):

A codec.pcap - Graph Analysis [E=5ECR =)

1921681227 101502014 Comment
101502013

Time

2015-04-16 14:5044.532567
2015-04-16 145044566728 | 100 tying-your allismportanttows |
2015-04-16 14:50:44.567189 | | INVITESOP (722 g711U gJJ1A 729 9723 G726-16...
2015-04-16 14:50:44 574353 100 Tging H
2015-04-16 14:5044 636041

2015-04-16 14:5044 639596
2015-04-16 14:5044 639782
2015-04-16 14:5044 639045
2015-04-16 14:5044 851246
2015-04-16 14:5044 851615
2015-04-16 14:5044 853364

015.0416145044557801 ||t 160 Ringing | :
2015.04-16 145047128079 | 200K SDPLGLIU GiMitelephone-eve
2015.04-16 145047128360 H WG 121 Dunmon2 252 SRCOEIAETC

10

2015-04-16 14:50:47.120415
2015-04-16 14150:47.132285
2015-04-16 14150:47.134623
2015-04-16 14150:47.333554
2015.04-16 14:50:47.334265 ||
2015-04-16 145047340973 | 200 OKSE
2015-04-16 14:50:47.41436
2015.04-16 14:50:47.418553
2015-04-16 14:50:47.523588
2015-04-16 14:50:47.523786
2015-04-16 14:50:49.356734
2015-04-16 14:50:49.365428
2015-04-16 14:50:49 366413
2015-04-16 14:50:49.368431
2015-04-16 14:50:49 374170
2015-04-16 14:50:49.375586
2015-04-16 14:50:49.388762
2015-04-16 14:50:49.389505

200 0K SDP (711

The following parties are involved:

Caller: extensionA 0003*023 (public number 2023) with IP 192.168.1.227

VoipNow with IP 10.150.20.13 with Kamailio on port 5060 and asterisk on port 5050
Calee: phone number 3004 with IP 10.150.20.14

Let's look at some of the codec settings:

The caller is a Yealink device with the following codecs activated:
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The device publishes these codecs in the SDP of the INVITE sent from 192.168.1.227:
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This INVITE reaches Kamailio and then is forwarded to Asterisk. The codecs remain unchanged and Asterisk recognizes the codecs supported by the
caller.

Next, Asterisk initiates an INVITE towards the callee at address 10.150.20.14. It does so through a SIP channel using the following codecs:
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The INVITE containing all the codecs enabled on the channel looks like this:
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The INVITE is sent to Kamailio which forwards it to the calle at 10.150.20.14 without changing the codecs. At this point, the callee is informed about the
codecs supported by VoipNow.

The callee will now answer the call with an 200 OK message. This message will contain an SDP mentining the codecs it supports:
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Now both VoipNow and the callee at 3004 know the codecs supported by the other parties. As you can see, the only common codec supported by both
parties is G711 u-law (PCMU). This means G711 will be used for the voice stream between VoipNow and the callee:
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Now it's time for Asterisk to send the 200 OK to the caller to let him know that the call was answered. This 200 OK message will also contain the codecs
supported by VoipNow for the communication with the caller.

Note that these codecs do not have to be the same as for the other leg of the call.

These codecs are defined under the Provisioning and SIP menu of the 0003*023 extension:
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Now both the caller (Yealink at 192.168.1.227) and VoipNow know the codecs supported by the other party. In this case, we have two common codecs,
G711 u-law and G711 a-law (PCMU and PCMA). PCMU has a higher priority (it comes before PCMA in the SDP codec list), so it will be used for the voice
stream between the caller and VoipNow:
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The voice call is finally established with 4 streams, all on G711 u-law: Caller <<->> VoipNow and Voipnow <<->> Callee, both bidirectional.
The two legs of the call can use different streams. This means that Asterisk will perform transcoding (which also uses a bit more CPU)
Other considerations

Thecodecs that you can check/uncheck in for the extensions can be selected from Unified Communications >> Zero Priority >> SIP area.
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