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¢ SIP INVITE initiates a call —
carries SDP offer with
codec/media proposals; callee
responds with 180 Ringing, then

200 OK with SDP answer

¢ 100 Trying — proxy accepted
the request and is searching for the
callee; stops retransmission timer;
no end-to-end significance

¥ 180 Ringing — callee's phone is
alerting; caller hears locally
generated ringback; 183 with SDP
offers early media (in-band

ringback) instead

¢ 200 OK — call answered (for
INVITE) or registration accepted
(for REGISTER); SDP answer
completes codec negotiation;
caller must send ACK to complete

3-way handshake
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¢ DTMF digit sent as RTP Named
Telephone Event (RFC 4733) —
out-of-band signaling preserves
digit accuracy across codec

transcoding
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