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Architecture Modular: only signaling Monolithic
Completeness Just handle setup Full protocol stack
Call signaling SIP Q. 931
Media Transport RTP/RTCP RTP/RTCP
Encoding Text (UTF-8) Binary (ASN.1 PER)
Extensibility Standardize-based Vendor-specific, nonstandard-based
Loop detection MAX-Forwards header looking at Callldentifier and

destinationAddress fields

Addressing format [URL-style Host or E. 164 number
Transport protocol [ICP and UDP, mostly use UDP |TCP and UDP, mostly use TCP
domain call routing [DNS Annex G

Call termination Explicit or timeout Explicit or TCP release
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Status code Description

1xx Provisional: receive request then process.

2XX Success: successfully received, accepted, and understood.

3xx Redirection: further action to complete the request.

4xx Client error: bad syntax and cannot be fulfilled by server.

DXX Server error :server cannot fulfilled an apparently valid request.

bxx Global error: request cannot be fulfilled by any server.

% 5 SIP response codes %% o

SIP 3 e 448 X AT #hmsh A48 > SIP W &8 F1 A Header a9 7 X AR 3K 3R
KB AT ERAE T &4 T 44 89 Header(R & 6) » KREMAT AR EIME

A O mUARE o LT A —18 SIP $#a e X

INVITE sip:bob@biloxi.com SIP/2.0
Via: SIP/2.0/UDP pc3d3. atlanta. com; branch=z9hG4bK776asdhds

Max-Forwards: 70
To: Bob <sip:bob@biloxi.com>

From: Alice <sip:alice@atlanta. com>;tag=1928301774
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CSeq: 314159 INVITE

Contact: <sip:alice@pc33. atlanta. com>
Content-Type: application/sdp
Content-Length: 142
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Accept Accept-Encoding Accept-Language Alert-Info Allow
Also Authorization Call-1D Call-Info Contact
Content-Disposition| Content-Encoding | Content-Language Content-Length Content-Type
Cseq Date Enecryption Error-Info Expires
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SUBSCRIBE/NOTIFY Subscribe/Notify Accept-Contact |Accept contact address
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