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SIP Parameters

Max Forward: 70 Max Redirection: 5
Max Auth: 2 SIP User Agent Name: SVERSION
SIP Server Name: SVERSION SIP Reg User Agent Name:

SIP Accept Language:

DTMF Relay MIME Type:

application/dtmf-relay

Hook Flash MIME Type: application/hook-flash Remowve Last Reqg: no -
Use Compact Header: no - Ezcape Display Mame: no -
SIP-BE Enable: no - Talk Package: no -
Hold Package: no - Conference Package: no -
Motify Conference: no - RFC 2543 Call Hold: yes v
Random REG CID On Reboot: no - Mark All AWT Packets: yes
SIP TCP Port Min: 5060 SIP TCP Port Max: 5080
CTI Enable: no - Caller ID Header: PAID-RFID-FROM w
SRTF Method: W-sipura - Hold Target Before REFER: no -
Dialog SOP Enable: no - Keep Referee When REFER. Failed: no -
Display Diver=ion Info: no -

SIP Timer Values (sec)

SEP s <5 SIP T2: -

SIP T4: 5 SIF Timer B: 16

SIP Timer F: 16 SIF Timer H: 16



Response Status Code Handling

SIT1 RSC: SIT2 RSC:
SIT3 RSC: SIT4 RSC:
Try Backup R5C: Retry Reg RSC:

TP Parameters

TP Port Min: 16384 RTP Port Max: 16482
TP Packet Size: 0.030 Max RTP ICMP Err: 0

TCP Tx Interval: 0 Mo UDP Checksum: no [l
ymmetric RTP: no m Stats In BYE: no T

SDP Payload Types

ANT Dynamic Payload: 101 INFOREQ Dynamic Payload:

G726r32 Dynamic Payload: 2 G72%b Dynamic Payload: 99

EncapRTF Dynamic Payload: 112 RTP-5Start-Loopback Dynamic Payload: 113
RTP-Start-Loopback Codec: G711u | AVT Codec Name: telephone-event
G711u Codec Name: PCMU G71la Codec Name: PCMA

G726r32 Codec Name: G726-32 G729a Codec Name: G729

G729b Codec Name: G729ab G722 Codec Name: G722

EncapRTP Codec Name: encaprtp
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