
Exploring sip_bye_also_transfer.pcapng

📡 SIP Proxy 📞 SIP Phone C

📁 sip_bye_also_transfer.pcapng

💡 SIP INVITE initiates a call —

carries SDP offer with

codec/media proposals; callee

responds with 180 Ringing, then

200 OK with SDP answer

📞 SIP INVITE

📡 Via SIP/2.0/UDP 10.180.110.58:5060;branch=z9hG4bK2A11ED4

🔗 Call-ID 55203369-6DB611E9-99ECE3AD-C1443EBC@10.180.110.58

🖥 UA Cisco-SIPGateway/IOS-16.9.2

🔢 CSeq 101 INVITE

📞 Contact <sip:1234@10.180.110.58:5060>

🔢Max-Fwd 68

👤 Owner CiscoSystemsSIP-GW-UserAgent 5564 5944 IN IP4 10.180.110.58

Session Name (s) SIP Call

🌐 Connection IN IP4 10.180.110.58

🎵Media audio 8516 RTP/AVP 0 18 101 19

🌐 Connection IN IP4 10.180.110.58

📋 Attr rtpmap:0 PCMU/8000

📋 Attr rtpmap:18 G729/8000

📋 Attr fmtp:18 annexb=no

📋 Attr rtpmap:101 telephone-event/8000...

3 more

💡 183 Session Progress — carries

SDP answer for early media

(ringback tone, IVR prompts); RTP

flows before call is answered;

requires PRACK if 100rel is

negotiated

🎵 SIP 183 Session Progress

🌐 Connection IN IP4 10.180.110.65

🎵Media audio 6000 RTP/AVP 0

🌐 Connection IN IP4 10.180.110.65

💡 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

✅ SIP 200 OK

📞 Contact <sip:10.180.110.65:5060;transport=UDP>

🌐 Connection IN IP4 10.180.110.65

🎵Media audio 6000 RTP/AVP 0

📋 Attr rtpmap:0 PCMU/8000

Frame 4 |

2019-05-04T15:15:49.123986Z

✅ SIP ACK

🔗 Call-ID 55203369-6DB611E9-99ECE3AD-C1443EBC@10.180.110.58

🔢 CSeq 101 ACK

💡 SIP BYE terminates an

established dialog — both sides

send BYE to release media

resources; Reason header explains

why (e.g., user hangup)

🛑 SIP BYE

🔗 Call-ID 55203369-6DB611E9-99ECE3AD-C1443EBC@10.180.110.58

🔢 CSeq 2 BYE

💡 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

✅ SIP 200 OK
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