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Local 3-way Conferencing

Feature Description

Local 3-way conferencing allows for an AOS Voiceqiuct to mix both RTP and TDM
streams locally. It is currently supported in ti&gen TA 900 and TA 900E series and
the NetVanta 6355, NetVanta 6310 and NetVanta 6E34kh of these devices are
limited to 3 separate 3-way conferences at one, taxeept the NetVanta 6355, which is
limited to 1.

Configuration Items

The following is a list of CLI commands to be usedonfigure the behavior of 3-way
conferencing.

voi ce conferenci ng-node [ network, |ocal]

voi ce conference | ocal originator onhook [persist, term nate]

voi ce conference | ocal originator flashhook [drop, split, ignore]
voi ce conference | ocal party-disconnect [continue, transfer]

voi ce conference | ocal max-sessions <*>

NOTE: *“voice conference local party-disconnect’namands are only available in AOS
A2.01 and later.

Network conference mode is currently supported BSAAD/MSAG/PBX products.
This feature describes audio-stream mixing thdthelperformed in the network,
specifically using a SIP trunk connection to thewoek.

With the addition of local audio-stream mixing l@tAOS IAD/MSAG/PBX product
lines, the end user will now have a choice of wheth support network or local audio-
stream mixing.

These two methods of audio-stream mixings are niyteaclusive.

If network conference mode is enabled, theéi ‘te conference |1 ocal *” commands
will be ignored.

If local conference mode is enabled, theonf er ence-uri <WORD>" commands on SIP
trunks will be ignored.

Default: Network conferencing-mode will be enabled by d&fto support backward
compatibility of existing customer configurations.



Summary of Commands

e voi ce conferenci ng-node [network, | ocal]

This command is used to enable or disable locdecencing. By default, all
conferencing is performed in the network. Changheyconference mode to local will
enable local conferencing.

e voice conference |ocal originator onhook [persist,
t er m nat €]

This command describes the behavior of what hapgiesa local 3-way conference has
been established and tbenference originatogoes on-hook.

If “onhook persi st” is selected, the remaining two parties in thefemmnce will be
connected together to continue their conversatitme “party-disconnect” option
described below will determine how the remainingipa are reconnected, whether by
maintaining the conference or reestablishing actitennection.

If “onhook term nate”is selected, all parties are immediately discatee.

Default: “onhook persi st ” will be the default behavior.

. voi ce conference |ocal originator flashhook [drop,
split, ignore]

This command describes the behavior of what hapakesa local 3-way conference has
been established and tbenference originatoissues a flash-hook.

If “f1 ashhook drop” is selected, then the last party added to thea@-@onference by
the originator will be dropped from the conferenddne 3-way conference will end and
the originator and the other party will be connddtegether to continue their
conversation. The originator may then begin tleeess of initiating a new 3-way
conference if desired.

If “f1 ashhook split”is selected, then the 3-way conference will b ggto a call
between the originator and th& remote party and a call between the originatorthad
2" remote party. Any subsequent flash-hook eveots tthe originator will toggle
between the two existing calls (consultative hadtidovior). The two callsannot be put



back into a 3-way conference. If either call Brtmated, the originator may then begin
the process of initiating a new 3-way conferenatesired.

If “f1 ashhook ignore” is selected, then the flash-hook from the origanavill be
ignored. The 3-way conference will continue tcalogve.

Default: “f1 ashhook drop” will be the default behavior.

. voi ce conference | ocal party-disconnect [transfer,
conti nue]

NOTE: “voice conference local party-disconnect’ncmands are only available in AOS
A2 and later.

This command describes how an AOS product conmegtaining parties together when
the 3-way conference is terminated. If a remotéypdisconnects, the remaining party
and the originator should be connected togethfeheloriginator disconnects, aneh*“
hook persi st” is selected, the other remote parties shouldodoeected together.

If “party-di sconnect transfer”is selected, then the two remaining conferenatigm
will be connected directly together. Audio-mixingl not be performed using the
conference resource. For all SIP parties, an @gktransfer using REFER with
Replaces will connect the parties together.

NOTE: When attempting to transfer two parties @mted via trunks, the commanab"
rej ect - ext er nal " must be enabled on each trunk for the transfelbeécsuccessful.

If “party-di sconnect continue”is selected, then the two remaining conferenactigs
will be connected by continuing to mix their audtoceams in the conference resource. A
logical 3-way conference is not active, but thefemence audio-mixing resource is still
being used.

NOTE: “party-di sconnect continue” must be selected if any SIP endpoint does
NOT support REFER with Replaces.

Default: “party-di sconnect continue” will be the default behavior

° voi ce conference | ocal max-sessions <*>

This command sets the maximum number of simultami@eway conference sessions. A
setting of “0” will allow the maximum number of stsns possible. Currently AOS
voice products are limited to 3 concurrent locaifeoences.

Default: “voi ce conference | ocal max-sessions 3” will be the default behavior



