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€. SIP INVITE N ¢ SIP INVITE initiates a call —
. Via | SIP/2.0/UDP 10.10.245.3:5060;branch=29hGA4bK897C carries SDP offer with
codec/media proposals; callee
& Call-ID | 6F62587-286E11E7-8026F2EC-DAFCESD@10.10.245.3 responds with 180 Ringing, then
iV Cisco-SIPGateway/10S-15.2.4.M10 200 OK with SDP answer
oo __SIP100Trying ¢ 100 Trying — proxy accepted
the request and is searching for the
callee; stops retransmission timer;
no end-to-end significance
P J7 SIP 183 Session Progress ¢ 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
e _MASWPPRACK » Frame 4 |
/4 Call-ID | 6F62587-286E11E7-8026F2EC-DAFCESD@10.10.245.3 2017-04-24721:09:16.2704252
CSeq | 102 PRACK
RAck | 4399 101 INVITE
P SIP 200 OK ¥ 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
_ & UDP Data Frame 6 |
Length 2017-04-24721:09:16.289551Z
W UDP Data _ Frame 7 |
Length 2017-04-24721:09:16.300236Z
1l RTCP SR _ ¥ RTCP Sender Report — media
W Packets | 69 sender reports packet/byte counts
and NTP timestamp for lip-sync;
W Bytes 1932 receivers use this to calculate jitter
and loss
< ul RTCPRR ¢ RTCP Receiver Report — reports
.| Loss | 0/256 packet loss fraction and jitter for
. each source; high jitter or loss
ul Jitter | 0 indicates network congestion
affecting voice quality
P SIP 200 OK ¥ 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
e HAsPACK » Frame 663 |
/4 Call-ID | 6F62587-286E11E7-8026F2EC-DAFCESD@10.10.245.3 2017-04-24721:09:26.569893Z
CSeq | 101 ACK
< 1l RTCP SR ¢ RTCP Sender Report — media
W Packets 175 sender reports packet/byte counts
and NTP timestamp for lip-sync;
W Bytes 4900 receivers use this to calculate jitter
and loss
) €. SIP INVITE ¢ SIP INVITE initiates a call —
W Via | SIP/2.0/UDP 10.10.245.5:5060;branch=29hG4bK425CA carries SDP offer with
codec/media proposals; callee
¢ Call-ID | 6F62587-286E11E7-8026F2EC-D4FCES8D@10.10.245.3 responds with 180 Ringing, then
200 OK with SDP answer
. _sP100Trying » ¢ 100 Trying — proxy accepted
the request and is searching for the
callee; stops retransmission timer;
no end-to-end significance
SIP 200 OK R ¢ 200 OK — call answered (for
X Contact | <sip:1234@10.10.245.3:5060> INVITE) o registration accepted
(for REGISTER); SDP answer
completes codec negotiation;
caller must send ACK to complete
3-way handshake
<_____________________S_lli’_A_C_K_ _____________________ Frame 970 |
& Call-ID | 6F62587-286E11E7-8026F2EC-DAFCESD@10.10.245.3 2017-04-24721:09:31.748956Z
CSeq | 101 ACK
______________________ @ )SIPBYE ., ¢ SIP BYE terminates an
established dialog — both sides
send BYE to release media
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é’ Call-ID | 6F62587-286E11E7-8026F2EC-D4FCE8D@10.10.245.3
m CSeq 103 BYE
['] Reason | Q.850;cause=16

SIP 200 OK

A

resources; Reason header explains
why (e.g., user hangup)

¥ 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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