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2.1.2.1.5.5.5.1.0.8.1.itrs.us. 5 IN NAPTR 10 11 "u" 
"E2U+sip" "!^(.*)$!sip:\1@providerXYZ.example.com!"

2.1.2.1.5.5.5.1.0.8.1.itrs.us. 5 IN NAPTR 20 11 "u" 
"E2U+h323" "!^(.*)$!h323:\1@192.0.2.111:54321!"
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Call-Info: <sip:203.0.113.1>; purpose=trs-user-ip
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@startuml

title Simple INVITE transaction RS1 - RS2 leg

box "RS1 Side" #5fddd6
participant RS1
end box

box "RS2 Side" #bb7068
participant RS2
end box

autonumber "<b>[0]"

RS1 -> RS2: INVITE
note right of RS1

m=audio 49152 RTP/AVP 0 3 8 101
m=video 49154 RTP/AVP 34 99

end note
RS2 -> RS1: OK
note right of RS1

m=audio 50002 RTP/AVP 0 3 8 101
m=video 50004 RTP/AVP 34 99

end note
RS1 -> RS2: ACK
note right of RS1

No SDP
end note

@enduml

@startuml

title PSTN to RUE: End to End Call Flow

box "RS1 Side" #5fddd6
actor "PSTN\nUser" as PSTNUSER
participant "RS1" as RS1
actor CA
end box

box "RS2 Side" #5c7068
participant RS2



participant RUE
end box

box "Number Directory" #bb7068
participant RND
end box

autonumber "<b>[0]"

PSTNUSER -> RS1: Call to the access number
RS1 -> CA: Introduce to call
PSTNUSER -> CA: Request number not owned by RS1
CA -> RS1: Enter Requested Number
RS1 -> RND: Lookup number
RND -> RS1: Return URI of RS2
RS1 -> RS2: Basic INVITE
RS2 -> RUE: Call Leg to RUE

@enduml

@startuml

title PSTN to RUE: Detail on the RS1 - RS2 leg

box "RS1 Side" #5fddd6
participant RS1
end box

box "RS2 Side" #bb7068
participant RS2
end box

box "Number Directory" #bb7068
participant RND
end box

RS1 -> RND: <b>[a]</b> Lookup number 311-555-2368
RND -> RS1: <b>[b]</b>Return URI sip:+13115552368@rs2.example
RS1 -> RS2: <b>[c]</b>INVITE sip:+13115552368@rs2.example
RS2 -> RS1: <b>[d]</b>RINGING
RS2 -> RS1: <b>[e]</b>OK
RS2 <--> RS1: <b>[f]</b>Call media flows
RS2 -> RS1: <b>[g]</b>BYE
RS2 <- RS1: <b>[h]</b>OK

@enduml



@startuml

hide footbox
title Muting (Privacy)

box "RS1 Side" #5fddd6
participant RS1
end box

box "RS2 Side" #bb7068
participant RS2
end box

== call in progress ==
RS1 -->> RS2: Camera video
RS1 -->> RS2: Mic audio
RS2 -->> RS1: video
RS2 -->> RS1: audio
[-> RS1: Mute
RS1 -->> RS2: Privacy video screen
RS1 -->> RS2: Audio silence
RS2 -->> RS1: video
RS2 -->> RS1: audio
[-> RS1: Unmute
RS1 -->> RS2: Camera video
RS1 -->> RS2: Mic audio
RS2 -->> RS1: video
RS2 -->> RS1: audio

@enduml

@startuml

title RUE to PSTN: End to End Call Flow

box "RS1 Side" #5fddd6
actor "RUE User" as RUEUSER
participant "RS1" as RS1
end box

box "RS2 Side" #5c7068
participant "RS2 Proxy" as RS2PROXY
participant "RS2 PSTN" as RS2PSTN
actor "CA"
end box

box "Number Directory" #bb7068
participant RND
end box



box "PSTN Side" #6fc65f
actor "PSTN"
end box

autonumber "<b>[0]"
RUEUSER -> RS1: Call RS2 Access Number
RS1 -> RND: Lookup number
RND -> RS1: Return URI of RS2
RS1 -> RS2: Basic INVITE
RS2 -> CA: Introduce to call
RUEUSER -> CA: Request PSTN number
CA -> RS2PSTN: Call leg to PSTN
RS2PSTN -> PSTN: Call

@enduml

@startuml 

title RUE to non-homed RUE Call Flow 

box "RS1 Side" #5fddd6 
actor "RUE User" as RUEUSER 
participant "RS1" as RS1 
end box 

box "RS2 Side" #5c7068 
participant "RS2" as RS2 
actor “RUE2” 
end box 

box "Number Directory" #bb7068 
participant RND 
end box 

autonumber "<b>[0]" 
RUEUSER -> RS1: Call RUE2 Number 
RS1 -> RND: Lookup number 
RND -> RS1: Return URI of RUE2 
RS1 -> RS2: Route 
RS2 -> RUE2: Call 

@enduml

@startuml

title REFER

box "RS1 Side" #5fddd6
participant RUE1
participant "RS1" as RS1



actor CA
end box

box "RS2 Side" #5c7068
participant “RS2 EDGE PROXY 1” as RS2EP1
participant “RS2 EDGE PROXY 2” as RS2EP2
participant “RS2 User Access Proxy” as RS2UAP
participant RUE2
end box

box “Number Directory” #bb7068
participant RND
end box

autonumber "<b>[0]"

RUE1 -> RS1: Call to number for RUE2
RS1 -> RND: Lookup number
RND -> RS1: Return URI of RS2
RS1 -> CA: Introduce to call
RS1 -> RS2EP1: Basic INVITE
RS2EP1 -> RS2UAP: Basic INVITE
RS2UAP -> RUE2: Basic INVITE
RS2EP1 -> RS1: Refer-to RS2-EP2
RS1 -> RS2EP2: Call (replacing original call)
RS2EP2 -> RS2UAP: Call (replacing original call)

@enduml

@startuml

title Refer: Detail on the RS1 – RS2 leg

box "RS1 Side" #5fddd6
participant RS1
end box

box "RS2 Side" #bb7068
participant “RS2 Edge Proxy 1” as RS2EP1
participant “RS2 Edge Proxy 1” as RS2EP2
end box

box “Number Directory” #bb7068
participant RND
end box

RS1 -> RND: <b>[a]</b> Lookup number 311-555-2368
RND -> RS1: <b>[b]</b>Return URI 311-555-2368@rs2-ep1.example



RS1 -> RS2EP1: <b>[c]</b>INVITE 311-555-2368@rs2-ep1.example
RS2EP1 -> RS1: <b>[d]</b>OK (INVITE)
note right of RS1

Audio, video and text 
media established between 
RS2 Edge Proxy 1 and RS1

end note
RS2EP1 -> RS1: <b>[e]</b>REFER Refer-To 311-555-2368@rs2-ep2.example
RS1 -> RS2EP1: <b>[f]</b>OK (REFER)
RS1 -> RS2EP2: <b>[g]</b>INVITE 311-555-2368@rs2-ep2.example replacing 
call via \
                         Edge Proxy 1
RS2EP2 -> RS1: <b>[h]</b>OK (INVITE)
note right of RS1

Audio, video and text
media established between 
RS2 Edge Proxy 2 and RS1

end note
note right of RS1

RS1 stops sending media 
to RS2 Edge Proxy 1

end note
RS1 -> RS2EP1: <b>[i]</b>BYE (for original call) 
note right of RS1

RS2 Edge Proxy 1 stops 
sending media to RS1

end note
RS2EP1 -> RS1: <b>[j]</b>OK (BYE)
RS2EP2 -> RS1: <b>[k]</b>BYE
RS1 -> RS2EP2: <b>[l]</b>OK (BYE)

@enduml


