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Chapter 1 VIP-2100 Introduction

System Description

VIP-2100 is a cost effective solution for VoIP trunk gateway supporting one-,
port T1/E1 VoIP trunks that provides voice and fax over IP network. It
supports ITU-T H.323 V3, SIP RFC 2543/3261, SNMP V2, Call Detail Record,
WEB management and other useful functions to meet customer requirements.

The built-in enhanced IVR (Interactive Voice Response) and Billing Service
of VIP-2100 is suitable for prepaid and postpaid service. It can rapidly provide
value added service for customers.

VIP-2100 Features:

- Dual SIP/H.323 co-existing

- ITU-T H.323 v3 and H.450 compliance

- SIP RFC 2543/3261 standard compliance

- PSTN signaling: ISDN/PRI, CAS (MFC R2, MFC R1, E&M), QSIQ

- Mixed SIP, Gatekeeper and P2P calls

- Support H.323 Gatekeeper register, direct and route calls

- Support SIP outbound proxy, redirect and register server

- Redundant SIP Proxy/Outbounbd Proxy Server Support (Outbond
Active/Active fail over, Register A/A no fail over)

- Support SIP Overload Redirect

- SIP supplemental service - on Hold, Call Transfer (Transferred)

- Built-in phone book and prefix routing for SIP and H.323 P2P calls

- Support H.323 fast connect, early H.245 and H.245 tunneling

- Support H.323 and SIP early media

- VoIP to VoIP calls support — SIP to H.323, SIP to SIP, H.323 to H.323

- Global Trunk-Channel Block out: Oxffffffff (busy block out)

- Intelligent PSTN call routing and in-trunk hunting: reverse rotary, channel
mask (default:Oxffffffff), ANI prefix match

- Reset a channel/trunk on the fly

- Flexible digit manipulation plan

- Support RADIUS Authentication, Authorization and Accounting

- Support access control by ANI, DNIS, IP, Gatekeeper only, proxy only or
RADIUS

- SIP UDP/TCP support

- Behind NAT friendly for SIP calls

- Inbound and out of band DTMF transmission

- SIP/H.323 T.38 fax relay up to 14400 bps

- Dynamic call treatment based on DNIS, ANI or collected DTMF

- Grouping DNIS/ANI Number Replacement

- Built-in IVR & call-flow controller for PSTN / VoIP side

- CISCO compatible

- Web-based graphic announcement edit and management
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- Multiple configuration saving
- Provides CDR (Call Detail Record)
- Built-in internal user authentication for prepaid & postpaid users

Technical Specification

Interface
- Two 10/100MB Ethernet Ports (Host & VoIP stream)

- 1 XT1/E1 (120 Ohm-RJ48C connectors)
75 Ohm needs external 3rd party BNC/RJ-48C adapter cables

Protocol and Standard
- ITUT H.323 v3 and H.450 compliance
- SIP RFC 2543/3261 compliance

Audio Feature

- Codec -- G.711 A/p-Law, G.723.1 (5.3K/6.3K), G.729A, G.729
- Support G.168 echo cancellation

- Configurable audio payload size & adaptive jitter buffer

- Support silent suppression for G.729A, G.723, G.729

- VAD (Voice Activity Detection)

- CNG (Comfort Noise Generation)

DTMF Transmission
- Transparent
H.245 signal/alphanumeric
H.323 Q.931
RFC 2833
SIP INFO

FAX Support
- Automatic voice/fax detection
- T.38 fax relay based on H.323 Annex D
SIP T.38 fax relay
Up to G3 fax
ECM support
Redundant T.38 packet (0-2)
CISCO compatible

Built-in IVR & call-flow controller
- Web-based GUI Drag and Drop interface
- Full control of call behavior (one-stage or two-stage dialing)
- IVR functions
Support time duration play back (Chinese & English)
Power call information branch
- Collected information validation
- Active disconnect & reconnect without hang up
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- Selected disconnect cause code & behavior
Management Feature

- OS and program upgradeable

- Console port: RS-232 port

- TELNET
Full Web management interface & real time monitor
Front panel LCD
SNMP v2 (H.341) and SNTP v4 support
User account management
- Time zone and day light saving support
- Support fixed IP and DHCP
- Support DNS and dynamic DNS

LED indicators for system status
- Power/Storage access indicators

- Front panel LCD (2 "™x 16) status display

Power
- 90~240V auto switch

Environmental
- Operation temp: 0° C to 60° C
- Relative humidity: 5% to 95%

Dimension
- 483mm (L) x 450 mm (W) x 44mm(H)

Certification
- CE, FCC, EMI
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VIP-2100 Detail Specifications

Feature VIP-2100
1 |Width 483mm
2 |Height 44mm
3 |Depth 450mm
4 |Industrial rack mount Yes
5 |Color Black

Weight

8K

1 |Power 90-240V auto switch
2 |Operating temperature 0~60C
3 |Relative humidity 5%~95%

=

LED status

1 |DSP vendor Intel Pentium, AudioCodes DSP
2 |Operation System XP Embedded

3 |RAM 512 MB

4 |Program/Data Storage 256 MB DOM

5 |OS Upgradeable Yes

7 |Program Upgradeable Yes

Power/DOM/System

N

LCD status

1 [10/100 Base Ethernet

Yes

10/100MB Ethernet ports *2 (host &
RTP)

2 |IP Address Required

Customizable E1/T1 CAS

=

2

Yes

2 |E1 CAS DTMF

Loop Start FXO Hot-Line

E1l CAS R2 MF

Argentina, Bolivia, Brazil, Chile,
China, Czech-Republic, Egypt,
India, Indonesia, Israel, ITU, Korea,
Malaysia, Mexico, Philippines,
Thailand, Uruguay, Venezuela,

3 RomTelcom
Euro, Australia, Hong Kong, Korea,
E1 ISDN PRI Support
4 PP New Zealand, QSIC

5 |E1/T1 Interface

Selectable

6 [PCM law Support

Alaw/Mulaw selectable
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T1 CAS DTMF/R1MF

E&M Bell Core Feature Group D,
Wink Start, E&M Delay Start, E&M
Feature Group A Immediate Start,
E&M Feature Group B Wink Start,
E&M Feature Group D Wink
Start(ANI B4 ADDR), E&M Feature
Group D Wink Start, E&M
Immediate Start, E&M Wink Start,
GroundStart FXO, GroundStart
FXS, Loop Start FXO, Loop Start

7 FXS, Loop Start FXO Hot-Line
NI2 ISDN,5ESS 10 ISDN,DMS100
T1 ISDN PRI Support ISDN, NTT ISDN (INS-1500), Hong
8 Kong, QSIC

9 [Trunk Spans

1 (T1/E1s) per chassis

10 |Default Trunk Channel Mask Yes
11 |[PSTN Line Hunting Yes
12 |[PSTN Line Hunting Channel Selection Yes
13 |On the Fly Reset Channel/Trunk Yes
/Audio Codec Support |
1 |G.711 A-law Yes
2 |G.711 u-law Yes
3 |G.723.1 Yes (5.3/6.3K)
4 |G.729A Yes
5 |Selectable Payload Size - G.711 20, 40, 60 ms
6 |Selectable Payload Size - G.723 30, 60, 90 ms
7 |Selectable Payload Size - G.729 20, 40, 60 ms

1 |Bypass mode Yes
2 |CISCO Compatible Yes
3 |ECM Support Yes
4 |FAX auto-detection Yes
5 |H.323 Annex D Support Yes
6 |SIP- T.38 Reinvite Yes
7 |T.38 During fast connect Yes
8 |T.38 Redundant Packet 0-2
9 [Transparent mode Yes
10 |Up to G3 FAX Yes iui to 14400 bisi
1 |[RFC 2833 Yes
2 |H.245 Alphanumeric mode Yes
3 [H.245 Signal mode Yes
4 1Q.931 UUI Yes
5 |SIP INFO Yes

Transparent mode

[EnY

Adaptive Jitter Buffer

(o2}
<
D
"

N

CNG
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3 |G.168 (Echo Cancellation) Yes (32ms)

4 |Gain Control Yes

5 |Improved Echo Tail Suppression Yes

6 |[Silence Suppression Yes

7 |[VAD Yes
Maintenance

1 |Administrative Log Yes

2 |Auto Daylight Saving Yes

3 |Customizable Time Zone Yes

4 |Front Panel LCD Setup Yes

5 |FTP Server Yes

6 |HTTP server Yes

7 |HTTP SSL support Yes

8 |Multiple configuration Yes

9 |NTP time synchronization Yes (SNTP V4)

10 |Password Security Yes

11 |RS232 Yes

12 |System Event Log Yes

13 |Telnet Yes

14 |Time Zone Support Yes

15 |User Account Manager Yes

16 |Web-based GUI Yes

17 |Web-based Real Time Monitor Yes

18 |Web-based Voice File Management Yes
Network Management |

1 |DHCP Yes

2 |Fixed IP Yes

3 |DNS Yes

4 |Dynamic DNS Yes

5 |Ping Yes

6 |TOS field setting Yes (RTP only)

7 |SNMP V2 MIB 1 & 1l Yes

8 [SNMP get command Yes

9 |SNMP set command Yes

10 [SNMP Trap Yes

11 [H.341 MIB Support Yes

12 |SysLog Support Yes

1 |H.323V3 Yes

2 [H.3231D Yes

3 |E.164 ID Yes

Yes (selectable for

4 |Fast Connect incor(ning/outgoing)

5 |H.450 Yes

6 [H.245 Tunneling Yes

7 |Early H.245 Yes

8 |Cause Code Mapping Yes
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1 |Cause Code Mapping Yes
2 |HTTP Digest Authentication Yes
3 |SIP Call on Hold Yes
4 |SIP Early Media Yes
5 [SIP Overload Redirect Yes
6 |[SIP Transfer (unattend) Yes
7 |SIP Transfer (attend) Yes
8 |SIP/TCP Yes
9 |SIP/UDP Yes
10 [SIP-180/SDP Yes
11 |SIP-183/SDP Yes
12 |SIP-PRACK Yes
13 |SIP-RFC 3261 Yes
14 |SIP-RFC 3264 (Offer/Answer) Yes
H.323 Gatekeeper Support |
1 |Gatekeeper Register Yes
2 |Direct call Yes
3 |Routed call Yes
4 |Light weight RRQ Yes
5 |IRQ: IRR sequence Yes
6 |Gatekeeper Call only Yes

1 |SIP Outbound Proxy Support Yes
2 |SIP Redirect Server Support Yes
3 |SIP Registar Server Support Yes
4 |Redundant SIP Proxy Server Yes
5 |Auto Fail Over Yes
paPan ]
1 |P2P H.323/SIP Call Yes
2 |GK Call Yes
3 [SIP Call Yes
4 |PSTN Call Yes
5 [Mixed SIP, P2P, GK call Yes
6 |Build-in Phone Book Yes
7 |P2P Prefix Routing Yes
8 |Digits Manipulation Yes

ISDN Dial Plan by Prefix

Yes (Source & Destination

1 |Call Decision Dynamic Decided by Call Flow
2 |H.323 to H.323 Call Yes
3 [H.323 to H.323 Fax Realy Yes
4 |H.323 to PSTN Call Yes
5 |H.323 to SIP Call Yes
6 [H.323 to SIP FAX Relay Yes
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7 |H.323 to SIP FAX Relay Yes
7 |PSTN to H.323 Call Yes
8 |PSTN to PSTN Call Yes
9 |[PSTN to SIP Call Yes
10 [SIP to H.323 Call Yes
11 |SIP to PSTN Call Yes
12 |SIP to SIP Call Yes
13 |SIP to SIP Fax Relay Yes
14 [VolP to VolP RTP unRouted Yes
15 [VolP to VolP RTP Routed Yes
Enhance Service
1 |ANI Access List Yes
2 |DNIS Access List Yes
3 |DID/DOD Yes
4 |PSTN Two Stage Dialing Yes
5 [VolP Two Stage Dialing Yes
6 [Intelligent PSTN Call Routing ;ﬁzr(is;mdom’ REUIEl Rl
7 |In-trunk hunting method Cyclic, random, rotary, reverse

cyclic, reverse rotary

8 |Ring Back Tone Generation

Yes (per trunk enable/disable)

9 |[Call Progress Tone Support

Yes

10 (Web-based Call Flow GUI

Drag and Drop interface, Full
control of call behavior (one-stage
or two-stage dialing), IVR functions,
Support time duration play back
(Chinese & English), Power call
information branch, Collected
information validation, Active
disconnect & reconnect without
hang up, Selected disconnect
cause code & behavior

11 |Play Credit Time Duration

Yes (Chinese & English)

12 |Play Credit Balance

Yes (Chinese & English)

13 |Almost-time-expired notify tone Yes
14 |IVR for PSTN Yes
15 |IVR for SIP Yes
16 |IVR for H.323 Yes
17 |IP Access List Yes
18 |ANI Replacement Yes
19 |IDNSI Replacement Yes
AAA
1 |Call detail record (CDR) Yes
2 |[RADIUS Authentication Yes
2 |RADIUS Authorization Yes
3 |[RADIUS Accounting Yes
4

Redundant RADIUS Server Support

Yes, Active/Standby/Auto Failover

5 |[PSTN Prepaid Support

Yes
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6 [VolP Prepaid Support Yes

1 |Embedded Prepaid Service Yes

2 |Embedded Postpaid Service Yes

3 [Point/second Calculation Yes

4 |Second/point calculation Yes

5 |Auto Disable/Clean User Yes

6 [PSTN Prepaid Support Yes

7 |VolP Prepaid Support Yes

1 (Max DM 4096
2 |Max IP ACL 2048
3 |Max DNIS ACL 4096
4 |Max ANI ACL 4096
5 |[Max User ACL 20000
6 [Max Phone Book Entries 10000
7 |Max Call Flow Component 256

8 |Max CDR Keep Days 5

9 [Max Voice File Storage 10 hours
1 |English User Guide Yes
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VIP-2100 Appearance Description

VIP-2100 Front Panel:

Functions:

O~NOOTA WN PP

. Power LED

: Network1 Interface LED

: Network?2 Interface LED (not used)
:H/D LCD

: Power Switch

: System Status LED

: LCD Panel

: LCD Touch Panel

VIP-2100 Rear Panel:

Functions:

1

2
3
4
5
6:
7
8
9
1

: Electric Fan

: AC Power outlet

: AC Power switch (Keep on)
: Trunk E1/T1 port

: VoIP Ethernet port
Keyboard/Mouse

: Com1 port

: Ethernet port

- VGA

0: print port (not available)

e p

10
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Chapter 2 Logon VIP-2100

After connected E1/T1 & Ethernet cables into the VIP-2100, turned on
the power. The first step is to logon the system and set up the IP address.

Before you can use the Browser to setup VIP-2100, you need to have
Java Standard Runtime (1_4 1 02) to make it work. Please refer to
Appendix 2 Java plug-in Install for detail.

Logon VIP-2100

Setpl: Start IE5.0 (or later version) to navigate VIP-2100 Management
System by typing the default IP address (the default URL is
http://192.168.111.111:10087). The screen will display User ID and
Password as figure 2.1-1.

User ID @ et
Password : [
] et

Figure 2.1-1

® Note: The default network IP address is 192.168.111.111 and subnet
mask is

255.255.0.0

Step 2: Enter log user name and password (the default user id is root and
user password is root). You can manage your user account via web
(refer to Section “Account Manager”) later.

User ID : |wellze

Password ; | FEEEREL

=
Figure 2.1-2
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http://192.168.111.111:10087

Step 3: The screen shows the Home Page of VIP-2100 as figure 2.1-3.

Configuration
& Monitor

& Control

Figure 2.1-3

Network Configuration

Step 1: After successfully logon to the system, we need to change the
network configuration. Click Control—Network to setup the network

parameters as figure 2.2-1.

-
Network Control
© Use DHCP
 ® Use fixed IP address
1P Address : I 192 168 .19 173
IF Netmask | 255,250 .266.0
IF Crateway : I 192 168 .19 254
~DNS Setup
Primary DNS Server IEl .218 .42 2268
Secondary DINS Server I . .
Host name © Iwg5250
Domain name Ictlvnet.net
Dwnamic DNE Registration @ Yes " No
Figure 2.2-1
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Step 2: Enter the deserved IP address, Submask and default gateway. Apply
the change by clicking apply button as figure 2.2-2.

Network Control

 Use DHCP
r @ Use fixed IP address
IF Address A1 218 42 229
IP Netmask 255 . 255 255 . 248
A e
~DNS Setup
FPrimary DMNS Server 61 (218 .42 (226
Secondary DNE Server : |
Host name * ,ngESU—'
Domain nare : W
Diynamic DS Registration : # ves  No

Figure 2.2-2

Step 3: When screen shows “Setup network configuration successfully!”

It means the IP Network setting is successfully changed as figure 2.2-
3.
Y

& Setup network configuration successfully!
Elodn

Figure 2.2-3

® Note: “Network Control” takes around 5-second to apply the new
network configuration. Please logon again with new IP address
after 5 seconds.

System Time Configuration

Step 1: When re-logon to the new IP address; the next is to setup the system
time zone. Click Control—System Time Zone to setup the system
as figure 2.3-1.

System Time Configuration
Date (yyyy/mm/dd) : [2004 oz | /[i7

Time (hh:mm:ss) : IF 3 IF 'F
Figure 2.3-1

Step 2: After apply the new time zone, click Back to adjust the date and time
as figure 2.3-2.

VIP-2100 User’s manual -13 -



System Time Configuration
Date (yyyy/mm/dd) : [2o0a Jos | 4[tT
Time (hh:mm:ss} : I? ; Flﬂ_ !F
Figure 2.3-2

Step 3: Enter current date and time. Apply the change by clicking Apply
button as figure 2.3-3.

System Time Configuration
Date (yyyy/mm/dd) : W #W fIT
Time (hh:mm:ss) : IlE_ I W !E
Figure 2.3-3

Step 4: The screen will shows “Setup system time successfully!” It means

the System Time setting is successfully changed as figure 2.3-4.
icrosort incernet xploret |

& Sek syskem time successFully!

Figure 2.3-4

Step 5: If you would like to use SNTP to sync time with a SNTP V4 Server,
click Time Sync button to setup it as figure 2.3-5.

Time Synchronization Control

" Disable

 Enable
Primary SNTP Server : prosesE
Secondary SNTP Server : ’W
Polling Interval (second) : [3?0-0—"
Retry Interval {(second) : 13_600—.
Max Fail Retry : |3—

(& 0ol )
Figure 2.3-5

Account Manager

Step 1: You can manage your user account by click Control—Account
Manager. Add a new user account, Click New button as figure 2.4-1.
Account Management

User ID Password
admin ks

oot eewwws

Figure 2.4-1

Step 2: Enter the new user ID, password, user role and description, as you
need. Apply the change as figure 2.4-2.
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Create User Account

UserID : !HEDE
Password : l*****

Confirm Password : [****

Figure 2.4-2

Field Description:
User ID: Login User ID
Password: Login Password
Confirm Password: Confirm new password again

Step 3: When screen shows “Create user account successfully!” It means
user account setting is successfully created as figure 2.4-3

Microsoft Intemnet Exploer x|

& Create user account successfullyl

Figure 2.4-3

® Note: The system provides 2 USER ID by default:
User 1: “root” Password: “root”
User 2: “admin” Password: “admin”
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Relogin

Step 1: Click Control—Relogin to relogon by another user account as figure
2.5-1.

&= Configuration
B Monitor

= Control
>

»
& SNMP
[

L

‘ » o RN
Figure 2.5-1

Step 2: Enter new User ID and Password to relogon the VIP-2100 as figure
2.5-2.

User ID : |ueme
Password : [*
Logu-ll Cance]l

Figure 2.5-2

Step 3: The screen shows the Hom

Configuration L
& Monitor ;
& Control

e Page of VIP-2100 as figure 2-5-3.

PN T

Figure 2.5-3
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Chapter 3 H.323 Gatekeeper and SIP Proxy
Mode Configuration

Environment used in this chapter

. o’
\ O\ PSTH
o ® '
H.323 GK and SIP Proxv Mode N _

~ SIP Phone

N
> B
SIP \NIP
- Netwo\k
erver
—J
o™

Proxy
H.323 4
|

Gatewa - )
; =
H323 Phone :

Phone 1001 " SIP USB Phone 8888

lg==
4
M323 VolP
.‘ /

Process:

PSTN — H.323 Call: DNIS (1001) — Make H.323 - Gatekeeper Call (1001)
— SIP Call: DNIS (8888) — Make SIP — SIP Proxy Call (8888)

H.323 — DNIS (5932111222) — DM (H.323_in_drop) — Make Call
(0932111222)

SIP — DNIS (11382265699) — DM (SIP_in_drop) — Make Call
(82265699)
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Interface Configuration
This section is going to setup the VoIP interface.

Step 1: Now we are going to setup the VoIP interface, click Configuration—
Interface to setup VoIP T1/E1 interface as figure 3.1-1.

Interface Configuration

Interface ID | Interface Type |

p
u] 4 E1/T1 YoIP 4E1/T1 Interfac
[1]
Figure 3.1-1

Step 2: Double-click the installed interface (i.e Interface 1D:0) to config it as
figure 3.1-2.

Interface Configuration

Interface ID | Interface Type_

4 E1/T1

Description_
WoIP 4E1/T1 Interfac

[1]
Figure 3.1-2

Step 3: Modify the VolIP Interface parameters (i.e. IP Address, Protocol Tag,
Subnet Mask and Default gateway) and apply the change by clicking
Apply as figure 3.1-3.

Interface Configuration

Interface ID : o Card Slot : IS—
Interface Type : lm

Description : |VDIP 4 E1/T1 Interface 1

Serial No : [242807

License Key : IEIZ‘IJS19d739655d43D9D19359f2dd149?

IP Address : |192.1E|8 19.174

Subnet Mask : |255.255‘255.D

Default Gateway : |192.168‘19.254

PCM Type : A-law ¥

Figure 3.1-3
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Frequency changed parameters: (Refer to section “Interface
Configuration” for more detail)
IP Address: 192.168.19.174
Subnet Mask: 255.255.255.0
Default Gateway: 192.168.19.254
PCM Type: A-law or Mulaw

® Caution: Subnet Mask does not support Supernet.

Step 4: After successfully to change the Interface configuration, the screen
come back the page of Interface Configuration as figure 3.1-4.

[1]

(% Detail W& import W% Export )
Figure 3.1-4

T1/E1 Trunk Configuration
This section is going to setup the PSTN trunk parameters.

Step 1: Select the installed interface to modify the trunk parameter by click
Detail button as figure 3.2-1.

Interface Configuration

Interface ID | Inte e Descript

[1]
IR T T
Figure 3.2-1
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Step 2: Select the trunk to be modified, and click Modify button as figure 3.2-
2.

Trunk Configuration
Intufme o Duurpfmn IoIP.; EI TI Inrufau

lst Trunk DSTN incaming Dnly E1 EURO_. ISDN

o

1 2nd Trunk  ¥OIP incoming only  E1_EURO_ISDN
2 3rd Trunk MNormal E1_EURO_ISDM
3 4th Trunk Mormal E1_EURO_ISDN

1
[t wodify ]
Figure 3.2-2

Step 3: Modify the trunk parameters (i.e. Trunk Type, Termin Side, Trunk
Mode, Protocol Tag, Line Code) and apply the change by clicking
Apply as figure 3.2-3.
Trunk Configuration

Interface ID o

Trunk ID : o

Trunk Type T ®EL

Description : [1st Trunk

Termin Sids [User side =l
Trunk Mode [tormal =l
Hunting Method : |rutary j
Protocol Tag [E1 EURO 13D10 =l
CAS Variance :

Framing Method : [automatic CRE4 or Double Frame selsction =l
Line Code - [HDBS =l
PSTN Trace [20 Trace =l
Inbound DM Group [t1one =l
Outbound DM Group : [None =l
Local Ring Back : Cves @ No

Channel Mask : [onctpseeeee

Clock Master : Con @ off

Figure 3.2-3

Frequency Changed Parameters:
Trunk Type: E1 or T1
Termin Type: User Side or Network Side
Trunk Mode: Normal
Protocol Tag: ISDN protocol used
Line Code: T1 or E1 line code used
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Step 4: After modifications are made to the Trunk Configuration, the screen
comes back the page of Trunk Configuration as figure 3.2-4.

Trunk Configuration

o 1st Trunk Mormal E1_EFURO_ISDM
1 2nd Trunk Mormal E1_EURO_ISDM
2 3rd Trunk Mormal E1_EURO_ISDM
3 4th Trunk Mormal E1_EURO_ISDM

{1

L vodify ]} [t Gack ]
Figure 3.2-4

H.323 Configuration

This section is going setup the H.323 parameter. If you only need SIP
calls, you can skip it.

Step 1: Click Configuration—H.323 to setup the H.323 parameters for
Gatekeeper related information as figure 3.3-1.

H.323 Configuration

Register To Gatekeeper :

Gatekeeper IP : |1sz.168.5.1
Gatekeeper RAS : |1719
E.164 Tel : E
Register H.323 ID : [Wai13
Register Time To Live (sec) : |60

Response Timeout {Q.931) (sec) : |50

Connect Timeout (Q.931) (sec) : [

DTMF Relay : |H.245 - Alphanumedic =l
Fax Transport : |T.38 Fax Relay (H.245 Modg) L!
Fast Connect Mode : IEnab]EFastStanchSue LI
H.245 Tunneling : |Dlsable j
H.450 Service : |Disable HA20 =l
[ FS Enable 1

Codec Priority 1 : [c.723 High =l

[¥ FSEnable 2

LS At S ata A

Figuré 3.3-1

Frequency used parameters:
Register to Gatekeeper: Yes
Gatekeeper IP: 192.168.5.1
E.164 Tel: 113
Register H.323 ID: 113
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Step 3: You can see the screen display the new configuration of the H.323
Configuration as figure 3.3-3.

0

I.523

Register To Gatekeeper :
Gatekeeper IP :
Gatekeeper RAS :

E.164 Tel :

Register H.323 1D :

Register Time To Live (sec) :

Response Timeout (Q.931) (sec) :

Connect Timeout {Q.931) (sec) :
DTMF Relay :

Fax Transport :

Fast Connect Mode :

H.245 Tunneling :

H.450 Service :
[¥ FSEnable 1
Codec Priority 1 :

’_FSE able 2

Configuration

Yes

192.168.5.1

1719

113

WiG113

a0

a0

&0

H.245 - alphanumeric

T.38 Fax Relay (H.245 Mode)
Enable Fast Start Both Site
Disable

Dizable H.450
G.723 High

Figure 3.3-3

SIP Configuration

This section is going setup the SIP parameter. If you only need H.323

calls, you can skip it.

Step 1: Click Configuration—SIP to setup the SIP parameters for SIP Proxy

Server related information as figure.3.4-1.
SIP Configuration

Primary SIP Register :

Primary Registar Server :
Primary Registar Port :
Primary Registar User :
Primary Registar Password :
Primary Registar TTL :
Secondary SIP Register :
secondary Registar Server :
Secondary Registar Port :
Secondary Registar User :
Secondary Registar Password :
Secondary Registar TTL :
Primary Outbound Proxy Server :
Primary Outbound Proxy Port :

Primary Outbound Proxy User :

Primary Outbound Proxy Password :

secondary Outbound Proxy Server :

Secondary Outbound Proxy Port :

Secondary Qutbound Proxy User :

Secondary Qutbound Proxy Password :

Codec Selection Policy :

®yes CHNo

[152 165 18,150

Jposo

[r1a

[120
®yes CHNo

[152. 16519157

[Boeo

173

[1za

[192.168.10.150

[os0

IEE

[152.168.10.157

[Boeo

IEE

[Local SDF Order

Figure 3.4-1

Frequency used parameters:

SIP Register:

Yes

Primary Registar Server: 192.168.19.150
Primary Registar Port: 5060
Primary Registar User: 173
Primary Registar Password: 173
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Primary Outbound Proxy Server: 192.168.19.150
Primary Outbound Proxy Port: 5060

Primary Outbound Proxy User: 173

Primary Outbound Password: 173

Step 3: You can see the screen display the new configuration of the SIP
Configuration as figure 3.4-2.
SIP Configuration

Primary SIP Register : Yes

Primary Registar Server : 192.168.19.150
Primary Registar Port : 5060

Primary Registar User : 173

Primary Registar Password : ~ HeEEss

Primary Registar TTL : 120
Secondary SIP Register : Yes
secondary Registar Server : 192,168.19.157
Secondary Registar Port : 5080
Secondary Registar User : 173

Secondary Registar Password : ~ FHEEEx

Secondary Registar TTL : 120

Primary Outbound Proxy Server : 192.168.19.150
Primary Outbound Proxy Port : 5060

Primary Outbound Proxy User : 173

Primary Outbound Proxy Password :  ******

Secondary Outbound Proxy Server : 192.168.19.157
Secondary Outbound Proxy Port : 5060
Secondary Outbound Proxy User : 173

Secondary Outbound Proxy Password @ **®®%#

) "Figure 3.4-2

Digit Manipulation

The purpose of “Digit Manipulation” is to add or drop dialed digits for
PSTN or IP side (Interface configuration for PSTN side & H.323 Configuration
for IP side) at the selected interface in order to meet local PSTN dialing
requirement. It can also be used in Call Flow Edit for flexible usage.

Step 1: We introduced the group and interface dependent digital manipulation
to meet the customer’s requires. Click Digit Manipulation to add a
new Digit Manipulation Group, add as figure 3.5-1.

Digit Manipulation Master

page [1 2]

& impore ¢ Export
Figure 3.5-1

VIP-2100 User’s manual -23-



Step 2: Enter the related parameters and click Apply button as figure 3.5-2.

Digit Manipulation Master

GroupID: |1

Description : |H323_In_Der

Figure 3.5-2

Field Description:
Group ID: 0 (DM Group identify)
Description: H.323: H323 In Drop
SIP: SIP In Drop

Step 3: Click the New created DM and Detail button to add digits setting as
figure 3.5-3.
Digit Manipulation Master

_Group ID | Description
it SIP in Drop

2 H323 in Drop
Page L
< woaity
Figure 3.5-3

Step 4: Click New button to add a new DM rule as figure 3.5-4.
Digit Manipulation List

Matched Pattern | Group 1d

> New

:
Figure 3.5-4
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Step 5: Create a new H.323 DM Group “1” and DM detail is show as follows:
Digit Mampuluhon Lzst

Matched Pattern | GroupId | Drop | Inser
Ak ek, 323 In Drop &5

504 1-H.323In0rop 5
[}
(¢ new % modity W Delete M Back ]
Figure 3.5-5

H.323 Incoming Call DM Setting:
Matched Pattern: 5 (pattern to be matched)
Group ID: 1-H323 In Drop (belong to this DM group)
Drop: 5 (drop digits)

H.323 incoming call

y
Dialed number: 582265699

v
Match the pattern 5

’
Delete 5 (Drop)

New dialed number becomes 82265699

Step 5: Also create a new SIP DM Group 2" and DM detail is show as follows:
I )zqu‘ Mampulu hon qut

113 i SIF‘ In Der 113
11307 2 -GIP InDrop 113

B3]

Lt New Wt vodity Mt Defete Mt Back )
Figure 3.5-6

SIP Incoming Call DM Setting:
Matched Pattern: 113 (pattern to be matched)
Group ID: 1-SIP In Drop (belong to this DM group)
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Drop: 113 (drop digits)

SIP incoming call

V
Dialed number: 11307688222

v
Match the pattern 11307

’
Delete 113 (Drop)

New dialed number becomes 07688222

Step 6: Create a PSTN incoming call DM Group “3” and DM detail is show as

follows:
Digit Manipulation Detail
Matched Pattern : |0282265699201

Group Id : 4 - PSTH_in_drop

Drop : 0252265099201
Insert :

(& Aoty W+ Cancel ¢ Back ]
Figure 3.5-7

PSTN DM Setting:
Matched Pattern: 0282265699 (pattern to be matched)

Group ID: PSTN In Drop (belong to this group id)
Drop: 0282265699 (drop digits)

PSTN incoming call (DNIS mode)

’
Dialed number: 02822656991001

v
Match the pattern 0282265699

’
Delete 0282265699 (Drop)

New dialed number becomes 1001

® Note: Digit Manipulation have to tapped for PSTN Side (Trunk—
Outbound/Inbound DM Group), VoIP Side (VoIP—
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Outbound/Inbound DM Group) or Call Flow (refer to section “Call
Flow Editor”) to take effect.

Chapter 4 Call Flow Editor

Call Flow Editor is used to control the call behavior including voice
prompt, AAA, DM...etc. It requires Java run time to run.

Step 1: Click Control—Call Flow Editor to create a Call Flow, click f'-’.%.i

=2

[4]

Figure 4-1

Component Description:
Q!New: Create a new call flow
_@Load Call Flow: Load call flow from VIP-2100
@Save: Save a call flow in VIP-2100
.El’é_iCut: Cut a component
E%!Copy: Copy a component
Paste: Paste a component
?f-jDeIete: Delete a component
)ﬂLine: Connecting 2 components together
fiiSeIect: Select the component at call flow workspace
;{r?.JScroII: Scroll the call flow workspace
.@Zoom: Zoom in or zoom out the workspace
@View Grid: View or not
f'-.i&_JShow Component Table: Show all component table
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Step 2: Drag and prop the required component icon into the workspace as
flgure 4 2.
E] i ferne

osic=
L;@;i%a_lﬁl

yFigure 4-2

Right click the component to bring up the component propriety to
setup parameter:

iIIAAA Send Authorization or Authentlcatlon for validation
] ana z

Current Companent : 1011

Tvpe : L Authnrlzaimn @ Authentication
Fail Other To: 1009 )

Prepaid User To: |1 DDB

Postpaid User To: 1010

Failed Reason Failed Tao
(e e (1
OK Cancel

o Type: AAA type selection
- Authorization: Send RADIUS Authorization packet out
- Authentication: Send RADIUS Authentication packet out
Success To: Success to component
Failed other to: Failed to component
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o Failed Reason: Return code from RADIUS server
0 Line Propriety:

- Invalid Account

- Account In Use

- Zero Balance

- Account Expired

- Over Credit Limit

- Number of Retries Exceeded

- Insufficient Balance
J Note: Detail response attributes, please refer RADIUS Format
Attributes

%Answer: Answer incoming call (PSTN only)

=
EF'_n,sellBranch: Play an announcement and branch into different route

=] Branch

Current Component : 1112

Woice File : |'_| 001.raw
DTMF Length : u
Others : 1105
DTMF | Goto
EE 001
222 1111
OK Cancel

Voice File: Voice prompt file (“. raw” format) to be playing
DTMF Length: Number of DTMF to be receiving

Others: Default flow if not match

DTMF: DTMF match pattern

Goto: The next component if matched

Line Propriety:

-Branch Line: DTMF branch line setting

[ Branch Line -

O O0OO0OO0OO0Oo

|
v DTMF
111

222

[ aia | poete |

|| Others To

@%‘JCDV: Collected Digit Validation
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O 0O O0OO0Oo

'-'-J-.l
fi#_']!CIB: Call Information Branch

Collected Digit Validation
Current Component: 1119

Check Parameter |[DNIS |

Digit From : 01

Digit To : 93

Vaild To : i

Inwvalid To -

0K Cancel

Check Parameter: Check parameter type (DNIS, ANI....)
Digit From: Start digit from

Digit To: End digit to

Valid To: If the checked variable is success to validate
Invaried To: If the checked variable is not success to validate

Call Information Branch S FEpEEEEE
i “W [ callinfo Branch Line = :7:-
Current Component : 1015
Info Type : [PSTH - le3 Prefed
Prefix | Goto 0:0:A7:3
S JIEIE
et e A
010531 1005
[ JIEE —
0-3-0-31 1012
Add Delete
[ — - [w] Other To
iOther To:[100 ‘ -
[ ok || cancel | [

o Info Type: Information type selection

ANI: Calling Number

DNIS: Called Number

IP: IP Address or network (e.g. 192.168.0.0)

PSTN: E1/T1 trunk and channel filter, format: interface id-
trunk id- trunk start- trunk stop

Prefix: The prefix to be match

0-1-17-31:

0: Interface ID (Always 0)

1: Trunk ID: 1

17: Start from B Channel 17
31: Stop from B Channel 31

o Goto: The component to run next
o Call Info Branch Line: ANI, DNIS, IP or PSTN goto setting

DNIS and IP TO take effect

[ call information Validation 7"

Current Component : 1117

Info Type : DNIS -

AllowTo:  [1114

Disallow To: [1004

o Info Type: The infor type to be validation
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-DNIS: Called number

-ANI: Calling number

-IP: In coming IP address

-User: User ID

Allow To: If it is met the ACL defined

o Disallow To: If it is not met the ACL defined

o

'ﬁCTB: Call Type Branch

Call Type Branch

Current Component : 1001

PSTH To: 1oo03
H323To:  [1002
SIP To: 1002 |

EC]

o PSTN To: Route for PSTN call
o H.323 To: Route for H.323 call
o0 SIP To: Route for SIP call

EﬂCut Rule: Cut a system variable into different parts

Cut Rule

Current Component : 1001

‘ System Parameter From :| DNIS - |

CutFram [ CutTo [ Agsign To
i 1 [UseriD
[ |8 |Passward
9 [ loris
CutFrom: Cut To: Assign To: | gy -
Add Delete

‘ Mext Component : 1 111 |

o Cut From: Cut start digit from (start from 1)
o Cut To: Cut end digit to
o Assign To: Store the cutted result into

|
ElDisconnect: Disconnect the call

s IDM: Digit Manipulation
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Digit Manipulation

Current Component : 1091

DM Parameter : () ANl (@ DNIS
DM Group ID : h323in -
|

‘ Hext Component : 1082

o DM Parameter: Manipulation ANI or DNIS
o DM Group ID: Apply to DM group

MakeCall: Make Call to PSTN or H.323/SIP site

() Makecan 0 :
Current Component : 1028
Route Mode ; P2P Call -
Transport Address : |
Active Disconnect : W Yes (. No
Active Disconnect Digit L D MakeCall Line
Inter Digit Timeout : 3 w|Second
RTP Route : @ Yes () No v Finish To
o . Failed Other T
ActiveDisconnect To: 1032 ~ e
- Actve Disconnect To
Finish To: 11032 v Failed Reason
Failed Other To : 1032 | ot B
Failed Reason Failed To 0 A
Mormal Call Clear o3z o
HserBLEY: 11033
PSTN  Normal Call Clear -
& VOIP  Unreachable -
Add Delete
0K Cancel oK Cancel

o0 Route Mode: Gatekeeper Call or P2P Call or PSTN...etc. (for PSTN
incoming call, please select the Gatekeeper, P2P Call, or SIP Proxy
call TA; for H.323/SIP incoming call, please select the PSTN call)

o0 Transport Address: When used for “H.323 TA” routing mode, the
format used is “Ipaddr:port” (e.g. 192.168.111.50:1720)

0 Active Disconnect: Enable PSTN user can actively disconnect the
call or not

0 Active Disconnect Digit: The DTMF digit to be tread as the
disconnect trigger. Only can be used “Active Disconnect” enable

0 Active Disconnect To: The next component when active disconnect
is occurred

o Inter Digit Timeout: The max time to in seconds to wait between two

digits.

RTP Route: Voice RTP routing over VIP-2100 or not, for VoIP to

VolIP call

Finish To: Successfully connect to remote site

Failed Other to: The next component when default failed call

Failed Reason: Failed reason selection

Failed To: When the failed reason occurred go to

(@)

o O O0OOo
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0 Line Propriety:

-PSTN: PSTN disconnect reason code:
-Normal Call Clear
-User Busy
-No User Response
-No Answer
-Call Reject

- VoIP: VolIP disconnect reason code:
-User Busy
-No Answer
-Unreachable
-Other

Current Component: 1114

Dymamic Play: () Enable '@ Disable

Prefix : | Variable : | AN v ‘

Moice File (1111 raw

Interrupted: (s Yes () No
|

Hext Component: [1110

o Dynamic Play: Dynamic play voice file by combine prefix and
variable as the file name
o Enable: Combine prefix to variable as the voice file to play
-Prefix: Voice file prefix (e.g. prefix: WT, variable: userl (contact
201, played voice file is “WT201.raw”)
-Variable: Variable to be appending as the voice file name
o Disable: Use filter voice prompt file
-Voice File: Voice prompt file
o0 Interrupted: Voice can be interrupted or not

. .isi;'ﬂPB: Play Balance for prepaid purpose
Eire
Current Component : 1035
voiceFile: (0006w |
Language : W

Interruptable : (" Yes @ No

Next Component: 1032 | |

o Voice File: Voice prompt file

o Language: Play balance language section
-English
-Chinese.

o0 Interrupted: Voice can be interrupted or not
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. %IPCUI: Prompt and Connect User Information
Epcun :

Current Component : 1011

Play Type : () Dial Tone (@ Yoice

vaice File : 1001 rawf
Max DTMF : ]
Assign To: [onis ~]

EndOfDTMF:  [# v

‘
Next Companent : 1002 \
‘ |

ok |[ cancel |

Play Type: Dial tone or voice prompt selection
Voice File: Voice prompt file

Max DTMF: Maxtor of DTMF to be received.
Assign To: Result (received DTMF) will be assign to
End of DTMF: The digit to indicate dial end.
Interrupted: Voice can be interrupted or not

O 0O O0OO0OO0Oo

-
g|PD: Play Duration for prepaid purpose
FHeo
Current Component : 1110
VoiceFile: [1z3raw |
Longuone: [enpisn |

Interruptable : @ Yes (i Mo

. :
|Nexlcumponent: 1095 [ |

Voice File: Leading voice prompt file
Language: Play duration language section
-English

-Chinese

o0 Interrupted: Voice can be interrupted or not

o O

® Note: The RADIUS servers need to be setup to send H.323/SIP
credit time or internal RADIUS must be used.

PSTH Line Hunting

Current Component : 1120

Success To: (1112

ok |
0 Success To: If fine an available channel by system setup (call
hunting)
o Failed To: If not fine an available channel by system setup (call
hunting)
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- EISet Data: Assign value to a variable

[ setpata

Current Component : 1043

Asgsign To | Use SysParam Value
[UzerlD Yes AN
Passward lfes [ANI

Assign To: | ANI w | Use SysParam: ‘Yes v| Value : AN v‘
Add Delete

‘ Next Componentt : 1009 | |

ok |[ cancel |

0 Assign To: Assigned variable
0 Use SysParam: Use system parameter to replace or not
o0 Value: ANI, DNIS, User ID or other digits

_@Start: Call flow start

[*] start :

Current Component : 1000

Mext Component : i1 oot |

oK |

0 Next Component

%Quit: Disconnect calls
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Example Call Flow as figure 4-3.

7§ Call Flow Editor - Microsoft Intemet Exglorer =1olx|
O  kEsE xR RSB Call Flow Editor
Ly
L] Makecall 2
alawuay 1040 =
ciE : P
1011 Lgl . (
* = == o s B> & .
@ = cIB L’-“.’.‘.‘I Ej j@'ﬁ.l
1600 10071 1004 1008 1006
| - I
1009 AW,
i
> 1007
1M
1008

7

(652,358)

Example Description:

Components

Contents

@l Start

Component ID:
1000

Next Component: 1001

[

PSTN To: 1011

el CTB H.323 To: 1009
SIP To: 1008
Component ID:
1001
Info Type: ANI

Component ID:
1011

Prefix: 1 goto: 1010 (H.323 GK call)
Prefix: 8 goto: 1004 (SIP Proxy call)

1011 Route for PSTN call

AV,
%I MakecCall

Component ID:
1010

Route Mode: Gatekeeper
Finish To: 1005
Failed Other To: 1005

Y,
%I MakeCall

Component ID:
1004

Route Mode: SIP Proxy Call
Finish To: 1005
Failed Other To: 1005
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5 Next Component: 1006
_| Disc

Component ID:
1005

Component: 1006

1001 Route for H.323Gatekeeper call

oo | DM Parameter: DNIS
__:__;g__! DM DM Group ID: H.323 In Drop
Next Component: 1007

Component ID:
1009

tg\}{ Route Mode: PSTN
.,;-,,;ﬁ;;l MakeCall Finish To: 1005
Failed Other To: 1005
Component ID:

1007

5 Next Component: 1006
AI Disc

Component ID:
1005

,,,,, il Quit
Component: 1006

1001 Route for SIP Proxy call

oo | DM Parameter: DNIS
S5l DM DM Group ID: SIP In Drop
Next Component: 1007

Component: 1008

»;g Route Mode: PSTN
..;'.,;t;.:l MakeCall Finish To: 1005
Failed Other To: 1005
Component ID:

1007

5 Next Component: 1006
_| Disc

Component ID:
1005

I
@ | Quit
Component: 1006
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Example Used Call Flow:
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to 1009
H.323in

Start:1000

CTB:1001
PSTN t0:1011
H323 to: 1009
SIP to: 1008

to 1008
SIP in
A
DM: 1009 DM: 1008
Call to PSTN Call to PSTN

A

Make Call: 1007
Call to PSTN

Finish to
Failed other to

Quit: 1006
Disconnect

CIB: 1011
Info Type: DNIS
Prefix: 1 goto: 1010
efix: 8 goto: 10

Make Call: 1010
Make Gatekeeper
call to H.323

Disc: 1005

Disconnect |

Success /Failed to

\ 4

Configuration Manager

Configuration Management provides a way to save and reload the
system configuration for future use.

1011
PSTN in

Make Call: 1004
Make SIP Proxy

call to SIP

Success /Failed to
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Load a Configuration:
Step 1: When you need to load a saved configuration, click a saved
configuration (i.e. 04/26/2004 Loading Test) item to load it back as figure
4.1-1.

Configuration Management

Index Save Date Description

i 4/26/2004 Loading Test (Progy de)
2 4/2/2004 1 Stage Dailing (SIP wy Mode)
3 4f2/2004 1 Stage Dailing (Peer to Peer Mode)
4 4/2/2004 2 Stage Dailing {GK and SIP Proxy Mode)
5 4/2/2004 2 Stage Dialing with Aaa (GK and SIP Proxy Mode)
=T
Figure 3.7-1

Step 2: When screen shows “Current configuration will lost! Are you sure
to load this configuration?” click on OK button to load he saved
configuration to the working configuration as figure 4.1-1.

x|

.f? Current configuration will lost!1
Are you sure to load this configuration?

Cancel I

Figure 3.8-2

JNote: It is need to restart the system to take effect of the new-loaded
working configuration.

Save the working Configuration:

Step 3: To save the current configuration, select a new created configuration
and click Save button, when screen shows “Description”, please
enter the configuration description (i.e. Billing Test) for the saved

configuration as figure 4.2-2.
3§ Description - Microsoft Internet Exlrlm L o ] |

Description : IBﬂ]mgTﬁ‘i

(@ cancel

Figure 3.8-3

Step 4: You can see the screen display the changes as figure 4.2-4.
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Configuration Management

Index Save Date Description
Loading Test (Proxy Mode)

1 Stage Dailing (Peer to Peer Mode)

4 4/2/2004 2 Stage Dailing (GK and SIP Proxy Mode)
& 4/2/2004 2 Stage Dialing with 44 (GK and SIP Proxy Mode)
(€ savo Y¥ Gaciun (¥ Compact )
Figure 3.8-4

Backup the working configurations:

Step 5: To backup the running configuration, click on Backup button, to back
up local hard disk. The whole running configuration will be compress
into a zip file (file name: export.zip) and transfer back to local as figure

4.2-2.
5

(e
H Are you sure ko backup configuration?

Cancel |
Figure 3.8-5

Restore configuration:

Step 6: To restore the backup configuration file, click on Restore button,
when screen shows “Import Configuration file”, select backup file
(i.e. c:\export.zip) click on Import button to restore the configuration to
the working configuration as figure 4.2-2.

2 Import Configuration file - Microsoft Internet Explorer: P ] [

Browse...

Import Item :
mey om I System ¥ Interface W Ha323

¥ s ¥ 1pacL ¥ anracL

¥ Dnis acL ¥ User acL ¥ address Book

Import File : |HER

I Digit Manipulation 2 Hunting Group ¥ call Routing
¥ Radius Setting I Call Flaw

Figure 3.8-6

Compact the database file:
Step 7: In order to optimize the system performance, you can optional
compact the database by click Compact button as figure 4.1-2.
x|

EBefore compact database file size is 1585152
After compact database file size is 1536000

Compact database successfullyll

Figure 3.8-7

J Note: Please make sure that there is no others person to use database
concurrently.
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Apply Change

When you load a new working configuration, the system must be
restarted to take effect.

Step 1: Click Configuration—Apply Change, the screen show “The
change you mode need to restart the system for apply please

confirm to restart or do it later.” Click on OK/Cancel to restart the
system or not as figure 4.3-1.
=

Qf) The change you made need o restart the system For apply please confirm ko reskark or
doit later 7

CGRTTTY  cancel
Figure 4.3-1
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Chapter 5 Peer to Peer Mode Configuration

Environment used in this chapter

Peer to Peer

H.323 ‘,
Gateway ._
H323 Phone

Phone 1001

V4
MH323 VolP
!\letwork

Process:
PSTN — H.323 Call: DNIS (822656991001) — DM (PSTN In Drop) —Make
H.323 - Peer to Peer Call (1001)
— SIP Call: DNIS (822656998888) — DM (PSTN In Drop) —-Make
SIP - Peer to Peer Call (8888)

H.323 — DNIS (50932123321) — DM (H.323_in_drop) — Make Call
(0932123321)

SIP — DNIS (1130028610825123) — DM (SIP_in_drop) — Make Call
(0028610825123)

© Digit Manipulation: Please refer section “Digit Manipulation”

Network Configuration
Please refer to section “Network Configuration”

Account Manager
Please refer to section “Account Manager”

Interface Configuration
Please refer to section “Interface Configuration”
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H.323 Configuration

Step 1: Change Register To Gatekeeper to “No” to enable peer to peer
mode as
figure 5.1-1.

H.323 Configuration
Register To Gatekeeper : Mo

Gatekeeper IP :
Gatekeeper RAS :

E.164 Tel : 113
Register H.323 ID : WiE113
Register Time To Live (sec) : 60

Response Timeout {Q.931) (sec) : 60
Connect Timeout {(Q.931) (sec) : 60

DTMF Relay : H.245 - alphanumeric

Fax Transport : T.38 Fax Relay (H.245 Mode)
Fast Connect Mode : Enable Fast Start Both Site
H.245 Tunneling : Dizable

H.430 Service : Disable H450

[7 FSEnable 1

Codec Priority 1 : G.723 High

Figure 5.1-1

Frequency used parameters:
Register to Gatekeeper: No

SIP Configuration

Step 1: Change SIP Register to “No” to enable peer to peer mode as figure
5.2-1.
SIP Configuration
Primary SIP Register : Mo
Primary Registar Server :
Primary Registar Port :
Primary Registar User :
Primary Registar Password :
Primary Registar TTL :
Secondary SIP Register : Mo
Secondary Registar Server :
Secondary Registar Port @
Secondary Registar User :
Secondary Registar Password :
Secondary Registar TTL :
Primary Outbound Proxy Server :
Primary Outbound Proxy Port :
Primary Outbound Proxy User :
Primary Outbound Proxy Password :
Secondary Outbound Proxy Server :
Secondary Outbound Proxy Port :
Secondary Outbound Proxy User :
Secondary Outbound Proxy Password :

Codec Selection Policy : Local SDP Order

Figure 5.2-1

Frequency used parameters:
Primary SIP Register: No
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Address Book

For making a Peer-to-Peer call, the IP device must has an address
record in the phone book for routing.

Step 1: Click Address Book adds a new address book for the peer to peer
calls, New to add as figure 5.3-1.

Address Book Management

TEL/Prefix | Trans Address
IS QT
Figure 5.3-1

Step 2: Enter the related parameters and click Apply button as figure 5.3-2.

Address Book Management

Name : lanphone1001
TEL/Prefix : 1001
Trans Address ; [192,168.111.102

[ Aooly I+ Cancel W& Back ]
Figure 5.3-2

Field Description:
- Name: H.323 IP Phone or SIP-Cisco
Tel/Prefix: 1002
Trans Address:
- H.323 Call: 192.168.5.102 or 192.168.5.102:1720
- SIP Call: sip:8001@192.168.5.61 or sip:8001@192.168.5.61:5060 or
sip:8001@ctivnet.net
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mailto:sip:8001@ctivnet.net

Step 3: You can see the screen displays the new Address Book as figure 5.3-
3.

Address Book Management

wg5200 113 sipi 113@182,168.5,113

H.323 -

H.323-Lanphone 1002 192.168.5.102

H323 SEigEE 192,168.5.101

H323-3504 1005 192.168.5.52

H323-cisco s002 192,168,5.61
sip -wig5200 115 sipi115@192.168.5.113: 6060

sip-3502 3001 sip:192,168.5.55
SIP-Cisco 800 sipi8001@cisco.ctivnet.net
Page lx
Figure 5.3-3

® Note: You must apply the change to take effect for the change.

Digit Manipulation
Please refer to section “Diqgit Manipulation”

Call Flow Editor
Please refer to section “Call Flow Editor”
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Call Flow (P2P Mode):

Start:1000

CTB:1001
PSTN t0:1011
H323 to: 1009
SIP to: 1008

to 1009
H.323 in
to 1008
SIP in
A
DM: 1009 DM: 1008
Call to PSTN Call to PSTN
A
Make Call: 1007
Call to PSTN
Finish to
4>

Failed other to

Quit: 1006
Disconnect

Configuration Manager
Please refer to section “Configuration Manger”

1011
PSTN in

DM: 1013
Call to PSTN

4

Make Call: 1004
Make Peer to Peer

call to SIP

Disc: 1005
Disconnect

Success /Failed to

A 4
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Apply Change

Please refer to section “Apply Change”
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Chapter 6 SIP to H.323 Mode Configuration

Environment used in this chapter

"1
H323 VolP
'\letwork

T T T T T

Process:
SIP — H.323 Call: DNIS (8861001) — DM (SIP In Drop) —-Make H.323
(1001)

H.323 — SIP (8868888) — DM (H.323_in_drop) — Make Call (8888)

© Digit Manipulation: Please refer section “Digit Manipulation”

Network Configuration
Please refer to section “Network Configuration”

Account Manager
Please refer to section “Account Manager”

Interface Configuration
Please refer to section “Interface Configuration”

H.323 Configuration
Please refer to section “H323 Configuration”

SIP Configuration
Please refer to section “SIP Configuration”

VIP-2100 User’s manual - 49 -



Address Book
Please refer to section “Address Book”

Digit Manipulation
Please refer to section “Diqgit Manipulation”

Call Flow Editor
Please refer to section “Call Flow Editor”

Call Flow (P2P Mode):

Start:1000

CTB:1001

1009 PSTN:1010
H.323 in H323: 1009
SIP: 1008
1010
PSTN in
1008
SIPin
A
Make Call: 1002
Make Peer to Peer
Callto SIP /H323 .
Make Call: 1010
Make Gatekeeper
call to H.323
Finish to Disc: 1003 s t
Failed other to Disconnect uccessto
A
Quit: 1004
Quit

Configuration Manager
Please refer to section “Configuration Manger”
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Apply Change

Please refer to section “Apply Change”
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Chapter 7 Advance Configuration Reference

Configuration

System Configuration
Start Path: Configuration—System

System Configuration

CDR Mode : Mone

CDR Keepdays : Hot Swappable : Mo
First Digit Timeout : 10 sec Inter Digit Timeout : E sec
Debug Level : Full Trace Time Expired Notify :  Disable
First Response Timeout : 15 Mo Answer Timeout : 600
Authentication Mode : Use Internal Aas Almost Expired Tone :

Ext. AAA Failure Opt : version : £

Figure 7.1-1

Parameter Description:
CDR Mode: Call detail record generating mode (Refer to “Appendix 3

o

o

Retrieve CDR Information” for detail file description)

File Only: Log CDR into the file only. It can be retrieved by ftp
(directory c:\cd cdr).

Radius Start/Stop: Log CDR into the file and send RADIUS start/stop
billing message out.

- VoIP: enable VolP site RADIUS billing message or not.

- PSTN: enable PSTN site RADIUS billing message or not.

Radius Stop: Log CDR into the file and send RADIUS stop billing
message out.

- VoIP: enable VolP site RADIUS billing message or not.

- PSTN: enable PSTN site RADIUS billing message or not.

CDR Keepdays: CDR system keeping days

Hot Swappable: Hot swappable support (reserved)

First Digit Timeout: The max to time (in second) waits for receiving the
first digit entered (5~20 sec).

Inter Digit Timeout: The max to time (in second) waits for the between
two digits (5~20 sec).

Debug Level:

o

O O OO

Critical: Show critical error messages only

Warring: Show warring and critical error message only
Information: Show information, warring and critical message only
Debug: Show all debug messages

Full Trace: Show all status and debug messages

® Note: Please set to “Critical” only, or the whole system performance
will be hitted.
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Time Expired Notify: Seconds to be notifying caller before

communication expired. This function is used for Pre-Paid calling card

service and must cooperate with RADIUS Server.

Almost Expired Tone: Communication expired notice tone selection

Fast Response Timeout: The maximum times to wait for response. It’s

depended on the network speed.

No Answer Timeout: The maximum the (in second) to wait the remote

party answer (pick up phone)

o0 Notify Tone#1.:

o Notify Tone#2:

Authentication Mode: Authentication by VIP-2100 or RADIUS

o Internal: Authentication building User ACL

o External: Authentication by RADIUS

o Ext. AAA Failure Opt: Bypass or disconnect incoming calls when
external

Version: 5.1

Interface Configuration

Start Path: Configuration—Interface
Interface Configuration

Interface ID : i} Card Slot : i3

Interface Type : |4 E1/T1 hd

Description : !VDIP 4 E1/T1 Interface 1

serial No : [242807
License Key : 1020519d739655d4309018359f2dd1497’
IP Address : |192.168‘19.174

Subnet Mask : !255.255‘255.0

Default Gateway : 1192.168‘19.254

PCM Type : IA*|aW hi

Figure 7.2-1

Basic Parameter Description:

- Interface ID: System parameter
Card slot: System parameter
Interface Type: System parameter
Description: System parameter
Serial No: System parameter
License Key: System parameter
IP Address: IP address used for voice RTP stream
Subnet Mask: Submask (doesn’t support super class)
Default Gateway: Default gateway for routing
PCM Type: PCM type encoding, E1 A-law; T1 u-law
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Advance Interface Configuration:
Start Path: Configuration—Interface —Advance
Advance Interface Configuration

Interface ID : 1}

UDP Port Base : 4000

IP Precedence : IRDutlne Precedence j

IPTOS : iNnrmaI Service L‘
PCM Idle Pattern : & default ¢ |0x00
CAS Idle Pattern : default |Ox0

Jitter Min Delay : 150 b Jitter Opt Factor : I? 2
EC Tail Length : 25 msec * Silence Compress : lDlsah\e >
TDM Bus Clock : External »

Advance Parameter Description:

Interface ID: System parameter

UDP Port Base: UDP port used for RTP stream, each channel needs 3

RTP ports and must be started by a multiple of 10

IP Precedence: Voice package priority setting

o Routine Precedence

o Priority Precedence

o Immediate Precedence

o Flash Precedence

o Flash Override Precedence

o Critical Precedence

o Internetwork Precedence

o Network Precedence

IP TOS: Top of Service with the following priority selection
Normal Service
Minimize Monetary
Maximize Reliability
Maximize Thought
0 Minimize Delay
PCM lIdle Pattern: This pattern will be sending on each B channel PCM
time slot when the channel is idle (not connected). The default value
for A-Law is Oxff and for Mu-Law is 0x55. You only change it when
SWITCH need.
CAS lIdle Pattern: When channel is idle, ABCD (CAS) pattern to be
applied CAS signaling bus
Jitter Min Delay: The minimum delay time of Jitter buffer. The range is O
to 150ms. Default value is 150ms. Which has better voice quality but
the delay time will be long.
Jitter Opt Factor: Jitter buffer optimization factor from 0 to 12. The
default value is 7. Set to 0 will have lowest voice delay but have bad

(0]
(0]
(0]
(0]
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voice quality. Set to 12 will have long voice delay but with better voice
quality

EC Tail Length: Echo Cancellation Length, default value is 25ms
Silence Compress: Enable silence compress or not

TDM Bus Clock: TDM Bus clock source

o Internal: derived from internal oscillator

o External: derived from external PSTN E1/T1 clock

Dial Plan Configuration

Dial Plan can be used to assign the ISDN number plan based on prefix
setting.
Start Path: Configuration—Interface—Dial Plan

Dial Plan Management
8 Plan | sr pe f

Unknown Murnbering Plan Unknown Number
ISDM Mumbering Plan

De: pe | Appl:
International Mumber  All Tru
International Mumber  Trunk O

De \Plan |

ISDN Mumbering Plan
ISDN Mumbering Plan

Prefix |
031
886

International Number

Figure 7.3-1

Basic Parameter Description:
Prefix: Called party number prefix
Src Num Plan: ISDN Source number plan
Src Num Type: ISDN Source number type
Dest Num Plan: ISDN destination number plan
Dest Num Type: ISDN destination number type
ApplyTo: Trunks apply to

T1/E1 Trunk Configuration

Start Path: Configuration—Interface—Trunk
Trunk Configuration

Interface ID : s}

Trunk ID - o

Trunk Type : ©T1 #EL

Description : Ilst Trunk

Termin Side : |User Side j
Trunk Mode : INorma] j
Hunting Method - |rota.ry j
Protocol Tag - |E1 EURD 13DN =l
CAS Variance °

Framing Method : Iautnmatm CRC4 or Double Frare selection j
Line Code [HDES 4|
PSTHN Trace : INn Trace j
Inbound DM Group |Nune d
Outbhound DM Group : INnne j
Local Ring Back : Cves  No

Channel Mask [oustttttse

Clock Master : On ®Off
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Figure 7.3-1

Basic Parameter Description:
- Interface ID: System parameter
Trunk ID: System parameter
Trunk Type: Tlor E1 selection
Description: Description for this trunk ID
Termin Side: Network site or User Site (normally, you set to “user site”
when connect to switch)
0 User Side
o Network Side
Trunk Mode: Trunk operation mode
o Disable: Disable the trunk
o Normal: Accept PSTN and VolP calls
0o PSTN incoming only: Allow the PSTN incoming calls only
o H.323 incoming only: Allow the H.323 incoming calls only
Hunting Method: PSTN trunk hunting method for available channel
o Random: Hunt randomly
o Cyclic: Initial hunt (after power-up/reboot) begins with B channel 1;
subsequent hunts begin with position following last successfully
allocated resource
o Rotary: Hunt always begins with B channel 1
o Reverser Rotary: Hunt always begins with B channel 31
0 Reverser Cyclic: Initial hunt (after power-up/reboot) begins with B
channel 31, follows next available channel in reverser order
CAS Variance: CAS counting variance
- Framing Method:
o ForTl
- super frame
- 4-frame multi-frame
- 12 frame multi-frame (D4)
- extend super frame without CRC6
- extend super frame with CRC6
- 72-Frame Multi-Frame
o For EL:
- Automatic CRC4 or Double Frame selection
- Double Frame Format
- CRC4 multi-frame
- CRC4 extend multi-frame
- Protocol Tag: supported protocol on T1/E1 interface with PSTN switch
o ForT1:
-T1 CAS
- T1 RAW CAS
- T1 NI2 ISDN
- T14ESS ISDN
- T15ESS 9 ISDN
- T1 5ESS 10 ISDN
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- T1 DMS100 ISDN
- T1 NTT ISDN: used to connect NTT INS-1500 ISDN standard (Japan
Only)

- T1 HKT ISDN

-T1 QSIG

- T1 EURO ISDN

- T1 DMS100 MERIDIAL ISDN

-T1 NI1 ISDN

o For EIL:

- E1 EURO ISDN: used for most of European ISDN standard

- E1 MFCR2

-E1 CAS

- E1 RAW CAS

- E1 AUSTEL ISDN: Australia E1 ISDN Variance

- E1 HKT ISDN: Hong E1 ISDN Kong Variance

- E1 KOR ISDN: Korea E1 ISDN Variance

- QSIO

-E1 TNZ ISDN
Line Code: T1: you can choose AMI, B8ZS; E1: you can choose AMI,
HDB3
PSTN Trace: PSTN layer debug trace. It will generate a debug trace file
for tracing purpose. Only enables it under Welltech technical supports
instruction and disable it when complete the debug
Inbound DM Group: Digit Manipulation group used for incoming calls
associated to this trunk
Outbound DM Group: Digit Manipulation group used for outgoing calls
Local Ring Back: Provide ring back tone for PSTN or not. It only works
when VoIP outgoing Fast Start is disabled.
Channel Mask: Channel mask for incoming or outgoing calls (default:
OXffffffff)
Start from MSB each bit, indicate a time, slot a trunk (e.g. Ox00O0Offff:
0~15 B channel mask, 17~31 B channel free)
Clock Master: PSTN trunk clock source

Advance Trunk Configuration:
Start Path: Configuration—Interface —Trunk —Advance
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Advance Trunk Configuration

Interface ID : 0

Trunk ID : 0

Src Num Plan : iUnknown MNumbering Plan ;J
Dest Num Plan : |Unknﬂwn Numbering Flan L.l
Src Num Type - IUnknown MNurnber ;]
Dest Num Type - IUnknﬂwn Number :J
Src Num Presen ° iPresenta.tlun Mot Included LI
Src Num Screen : |Numher Sereen Not Included Ll
Input Gain : IO dB :j
Output Gain IO AR :J
Q931 General Opt. ©  [0x0800

Q031 Incoming Opt. ©  |0x2000

Q931 Outgoing Opt. ©  [0x0000

Trans Cap : IVoice Service _:j
CallID Transfer Type : iD1sable Caller 1D :J

Figure 7.3-2

Advance Parameter Description:
- Interface ID: System parameter

Trunk ID: System parameter

Src Num Plan: ISDN source number plan

Dest Num Plan: ISDN destination number plan

Src Num Type: ISDN source number type

Dest Num Type: ISDN destination number type

Src Num Presen: ISDN source number presentation

Src Num Screen: ISDN source number display

Input Gain: Voice Gain from IP to PSTN side (default: O db)

Output Gain: Voice Gain from PSTN to IP side (default: O db)

Q.931 General Opt.: used for Q.931 general behavior.

0 0x0001: No Status message send for unknown facility IE if it is set

o0 0x0002: No Status message send for invalid content of a valid
facility IE if it is set

0 0x0080: Send Connect Ack message when receive Connect
message if it is set, you can OR the required option together

Q.931 Incoming Opt.: used for Q.931 incoming call behavior

0 0x0800: include Channel-ID IE in the first reply message (e.g. Call
Proceeding or Alerting)

0 0x2000: enable the system to include Channel-ID IE in the Call
Proceeding message, you can OR the required option together

Q.931 Outgoing Opt.: used for Q.931 outgoing behavior

0 0x0010: use Mu-law if this bit is set, or A-law will be used. Apply
only for Korea variance, you can OR the required option together

Trans Cap: Transfer Capability

o Voice Service

o Data Service

0 Modem Service

CalllD Transfer Type: Call ID transfer type

o Disable Caller ID: default parameter

o Transparent Caller ID

o Relay Caller ID

o0 Bypass Caller ID
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Rest Configuration
Reset a channel or a trunk idle state.
Start Path: Configuration—Interface—Detail—Reset

Trunk Configuration

1. VoIP 4 E1/T11In
T | p-

Interface : ©  Descriptio:

iy PSTH incoming only E1_EURO_ISDN

2 ] WVOIP incoming only E1_EURQC_ISDN
3 3 VOIP incoming only E1_EURO_ISDN

[11
Figure 7.4-1

Start Path: Configuration—Interface—Detail—Reset

A Reset Trunk - Microsoft Internet

Trunk :
Channel : [FASERGD

Figure 7.4-2

Basic Parameter Description:
Trunk: Reset trunk ID
Channel: Rest channel selection
- All Channel: Reset all channel
- 0~31: Reset 0~30 logical channel to reset

H.323 Configuration

Start Path: Configuration—H.323
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H.323 Configuration

Register To Gatekeeper : Yes
Gatekeeper IP : 192,168.5.1
Gatekeeper RAS : 1719

E.164 Tel : 113
Register H.323 1D : WiG113
Register Time To Live (sec) : a0

Response Timeout (Q.931) (sec) : 60

Connect Timeout (Q.931) (sec) : [=1n}

DTMF Relay : H.245 - alphanumeric
Fax Transport : T.38 Fax Relay (H.245 Mode)
Fast Connect Mode : Enable Fast Start Both Site
H.245 Tunneling : Disable
H.450 Service : Disable H.450
[¥ FSEnable 1
Codec Priority 1 : 5.723 High
I FSEnable 2
P e
Figure 7.5-1

Basic Parameter Description:
Register To Gatekeeper: Register to Gatekeeper or not
0 Yes: Register to GK
0 No: Not register to GK
Gatekeeper IP: Gatekeeper IP Address
Gatekeeper RAS: UDP Port number listened on Gatekeeper (default:
1719)
E.164 Tel: Telephone number to be registered to Gatekeeper
Register H.323 ID: H.323 alias name to be registered to Gatekeeper
Register Time To Live (sec): The registration maximum time to live
setting when registered to the Gatekeeper
Response Timeout (Q.931)(sec): The maximum time to wait for
response from sending call setup signal out
Connect Timeout (Q.931)(sec): The maximum time to wait for
connection (answer) from dialing out the destination number
DTMF Relay: DTMF transfer type selection
0 RTPrelay (RFC 2833): DTMF relay via RTP packet (RFC2833
standard)
DTMF transparent: transmitter DTMF over voice channel
H.245 Signal input: DTMF relay via H.245 user signal input
H.245 Alphanumeric: DTMF relay via H.245 Alphanumeric signal
Q.931 User Information: DTMF relay via Q.931 User to user
information
Fax Transport: Fax transport type selection
Transparent mode: Transparent mode (by voice packet)
o T.38 Fax Relay (H.245 mode): T.38 Fax relay (H.323 Annex D)
o T.38 Fax Relay (Propriety mode): T.38 Fax Relay (propriety mode)
o0 FRF11 Fax Relay (Propriety mode): FRF11 Fax Relay (propriety
mode)
Fast Connect Mode: Connection of H.323 call fast mode

© O 0O

(@)
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o Disable: Don’t use Fast Start.

o Enable Fast Start Both Site: Use Fast Start for incoming call and
outgoing H.323 calls

o Fast Start-H.323 incoming only: Enable Fast Start for H.323
incoming calls only

o Fast Start-H.323 outgoing only: Enable Fast Start for H.323
outgoing calls only.

o Early H.245: Use Early H.245

H.245 Tunneling: Transfer the H.245 message over the Q.931 channel

H.450 Service: Enable the H.450 calls transfer service

FS Enable 1-6 (Codec Priority 1-6): Enable Fast Start codec selection

for each codec

Inbound DM Group: Digit Manipulation Group for H.323 incoming calls

Outbound DM Group: Digit Manipulation Group for H.323 outgoing

calls

Advance H.323 Configuration:
Start Path: Configuration—H.323 —-Advance

H.323 Configuration
RAS Multicast IP :
RAS Multicast Port :
Max Call : 300
Max Channels : 10
RAS Port : 1719
Q.931 Port : 1720
T.38 ECM Mode : T.38 ECM Interoperable
Fax RDepth : o
H.245 Option : H.245 after Fast Start
G.723 Psize : 30 ms
G.729 Psize : 20 ms
G.711 Psize : 20 ms

(& Moairy I Appiy W Cancel W't Gack ]
Figure 7.5-2

Advance Parameter Description:
- RAS Multicast IP: RAS multicast IP for Gatekeeper searching
RAS Multicast Port: RAS multicast Port for Gatekeeper searching
Max Call: The maximum H.323 calls
Max Channel: The maximum channel of each H.323 call
RAS Port: Local RAS port (default: 1719)
Q.931 Port: Local TCP port number of Q.931
T.38 ECM Mode: T.38 Error Correction Mode
o T.38 ECM Interoperable mode
o T.38 ECM Backward Compatible Mode
FAX Rdepth: T.38 relay redundancy packet depth for high-speed mode.
H.245 Option: Separate the H.245 channel in the call of the Fast Start
mode or not.
G.723 Psize: G.723 transmission packet size in ms (default: 30ms)
G.729 Psize: G.729 transmission packet size in ms (default: 20ms)
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G.711 Psize: G.711 transmission packet size in ms (default: 20ms)

SIP Configuration

Start Path: Configuration—SIP
SIP Configuration

Primary SIP Register : Yes

Primary Registar Server : 192.168.19.150

Primary Registar Port : 5060

Primary Registar User : 173

Primary Registar Password :  REEEEs

Primary Registar TTL : 120

Secondary SIP Register : Yes

Secondary Registar Server : 192.168.19.157

Secondary Registar Port : 5060

Secondary Registar User : 173

Secondary Registar Password : etk

Secondary Registar TTL : 120

Primary Outbound Proxy Server : 192.168.19.150

Primary Outbound Proxy Port : 5060

Primary Outbound Proxy User : 173

Primary Outbound Proxy Password :  ******

Secondary Outbound Proxy Server : 192.168.19.157

Secondary OQutbound Proxy Port : 5060

Secondary Outbound Proxy User : 173

Secondary Outbound Proxy Password : ******
Figure 7.6-1

Basic Parameter Description:
- Primary SIP Register: Register to SIP proxy server or not

0 Yes: Register to proxy server
o No: Not register to proxy server
Primary Register Server: SIP register proxy server IP Address
Primary Register Port: SIP register proxy server port number (default:
1719)
Primary Register User: SIP register proxy server User ID
Primary Register Password: SIP register proxy server User Password
Primary Register TTL: The registration maximum time to live setting
when registered to the SIP proxy server
Secondary SIP Register: Register to SIP proxy server or not
0 Yes: Register to proxy server
o No: Not register to proxy server
Secondary Register Server: SIP register proxy server IP Address
Secondary Register Port: SIP register proxy server port number
(default: 1719)
Secondary Register User: SIP register proxy server User ID
Secondary Register Password: SIP register proxy server User
Password
Secondary Register TTL: The registration maximum time to live setting
when registered to the SIP proxy server
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Primary Outbound Proxy Server: The IP address of an outbound Proxy
the SIP Stack uses.
Primary Outbound Proxy Port: The port of an outbound Proxy the SIP
Stack uses
Primary Outbound Proxy User: The User ID of an outbound Proxy the
SIP Stack uses.
Primary Outbound Proxy Password: The password of an outbound
Proxy the SIP Stack uses.
Secondary Outbound Proxy Server: The IP address of an outbound
Proxy the SIP Stack uses.
Secondary Outbound Proxy Port: The port of an outbound Proxy the
SIP Stack uses
Secondary Outbound Proxy User: The User ID of an outbound Proxy
the SIP Stack uses.
Secondary Outbound Proxy Password: The password of an outbound
Proxy the SIP Stack uses.
Codec Selection Policy: Selection order to match the remote SDP for
codec selection.
0 Local SDP Order: Use local SDP order to match codec
o Remote SDP Order: Use Remote SDP order to match codec
Local Codec 1~4: Codec selection priority (1 to 4) (1: highest, 4: lowest)
G.723 Bit Rate Used: G.723.1 high bits rate (6.3Kk) or low bit rate (5.3k)
is used
180 SDP: Set SDP for 180 ring message
183 SDP: Set SDP for 183 call progress indication.
DTMF Relay Method: DTMF transport type selection
o Transparent: transmit DTMF over audio channel
0 SIP INFO: Use SIP INFO Message to relay DTMF
0 RFC2833: Use RFC2833 for DTMF over RTP packet

- RFC2800 Payload Type: RTP payload type used for RFC2833

DTMF relay

Fax Transmission: Fax transparent type selection
o T.38 Fax Relay: T.38 fax relay
o Transparent: Transparent mode (by voice packet)
Accept Proxy Call Only:
0 Yes: Only call from outbound proxy server is allowed
o0 NO: Accept any SIP calls
Inbound DM Group: Digit Manipulation Group for SIP incoming calls
Outbound DM Group: Digit Manipulation Group for SIP outgoing calls

Advance SIP Configuration:
Start Path: Configuration—SIP —Advance
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Advance SIP Configuration

TGP Enable : Mo
Max TGP Connection :
Outbound Use TGP :
Register Use TCP :
TGP Port :
UDP Port : s080
Reliable Provision {100rel) : Mo
Max Call Leg : 300
Max Transaction ; 1200
Max Register Glient : 2
Send Receive Buffer Size : 8192
Reject Unsupported Extension : ¥Yes
Message Pool Page Size : 1024
General Pool Page Size : 1024
Application Pool Page Size : 1024
Retransmission T1 ; 2000
Retransmission T2 : 4000
Retransmission T4 ; 5000
Invite Linger Timer : 32000
General Linger Timer : 32000
Ao amemssn
Figure 7.6-2

Advance Parameter Description:
- TCP Enable: Receive SIP TCP call or not.

Max TCP Connection: Max Call: The maximum SIP TCP calls.
Outbound Use TCP: Use SIP TCP for outbound call or not. If it set to
no, UDP is used.
Register Use TCP: Use SIP/TCP to register to SIP register.
TCP Port: The local TCP port on which the SIP Stack listens.
UDP Port: The local UDP port on which the SIP Stack listens.
Reliable Provision: Support PRACK or not (100rel)
Max Call Leg: The maximum number of call-legs the SIP Stack
allocates. You should set this value to the maximum number of call
your expect the SIP Stack to handle simultaneously.
Max Transaction: The maximum number of transactions the SIP Stack
allocates. You should set this value to the maximum number of call
your expect the SIP Stack to handle simultaneously.
Max Register Client: The maximum number of Register-Clients the SIP
Stack allocates. You should set this value to the maximum number of
call your expect the SIP Stack to handle simultaneously.
Send Receive Buffer Size: The buffer size used by SIP Stack for
receiving and sending SIP messages.
Reject Unsupported Extension: Yes or No
Message Pool Page Size: Used to hold and process all incoming and
outgoing message in the from of encoded messages or message
objects. It is recommended that you configure the page size to the
average message size your system is expected to message.
General Pool Page Size: Used by SIP Stack objects, such as call-legs
and transaction, to store the internal fields. For example, the call-legs
object will store the To, From and Call-ID headers and the local and the
remote contact addresses on the general pool pages. The general pool
is also used from other activities that demand memory allocation.
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Application Pool Page Size: The size of page in the application pool
Retransmission T1: T1 determines several timer as defined in
RFC3261. For example, When an unreliable transport protocol is used,
a Client Invite transaction retransmits requests at an interval that start
at T1 seconds and doubles after every retransmission. A Client General
transaction retransmits requests at an interval that starts at T1 and
doubles until it reaches T2. (Default Value: 500)

Retransmission T2: Determines the maximum retransmission interval
as defined in RFC3261. For example, when an unreliable transport
protocol is used, general requests are retransmitted at an interval
which starts at T1 and doubles until reaches T2. If a provisional
response is received, retransmission continue but at an interval of T2.
(Default Value: 4000)

Retransmission T4: T4 represents the amount of time the network
takes to clear message between client and server transactions as
defined in RFC3261. For example, when working with an unreliable
transport protocol, T4 determines the time that UAS waits after
receiving an ACK message and before terminating the transaction.
(Default Value: 5000)

Invite Linger Timer: After sending an ACK for an INVITE final response,
a client cannot be sure that the server has received the ACK message,;
the client should be able to retransmit the ACK upon receiving
retransmissions of the final response for inviteLingerTimer milliseconds.
General Linger Timer: After a server sends a final response, the server
cannot be sure that the client has received the response message. The
server should be able to retransmit the response upon receiving
retransmissions of the request for generalLingerTimer milliseconds.
(Default Value: 32000)

Provisional Timer: When a client receives a provisional response, it
continues to retransmit the request, but with an interval of
provisionalTimer milliseconds.

Cancel General No Response Timer: When sending a CANCEL
request on a General transaction, the User Agent waits
cancelGeneralNoResponseTimer milliseconds before timeout
termination if there is no response for the cancelled transaction.
Cancel Invite No Response Timer: When sending a CANCEL request
on a Invite transaction, the User Agent waits
cancellnviteNoResponseTimer milliseconds before timeout termination
if there is no response for the cancelled transaction.

General Request Timeout Timer: After sending a General request, the
User Agent waits for a final response generalRequestTimeoutTimer
milliseconds before timeout termination (in this time the User Agent
retransmits the request every T1, 2*T1,...T2,...milliseconds)

183 to Alerting: When receive a SIP 183 message from remote site,
send Alerting in stead of Call Progress Indicator

AutoSend 183: VIP-2100 always send Call Progress Indicator (SIP 183)
to VoIP party. It can be used for CAS protocol to enable early media.
Behind NAT: Does VIP-2100 is located behind NAT or not

Public Signal IP: The static mapped IP for SIP signal
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Public Signal Port: The static mapped Port for RTP stream

Public RTP IP: The static mapped RTP IP

Public RTP Port: The static mapped RTP starting port

Public RTP Port Interval: The VIP-2100 has at least 30 RTP channels.
Each channel needs 3 ports mapping on NAT Server. The interval is
used to caculate the right port for each channel.

Overload Redirect: SIP overload redirect when VIP-2100 is not able for
service the call

Redirect Host: Redirect host URI (format: user@siphost, siphost)
Redirect Port: Redirect port number

Send 487 When Recv CANCEL: When receive CANCEL form remote
site, send “487 Request canceled” or not

Caller ID Mode:

0 Local: use VIP-2100 proxy user id

o Caller: use SIP calling party ANI

Receive Hold music source:

o0 Auto: Auto determinate to play hold tone based on SIP signaling.
0 Local: Play hold tone locally.

On Hold music: Hold tone music file name
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Behind NAT Example

1:

VIP-2100

NAT Server Setting

One-by-One Static
IP Mapping

192.168.111.112

210.59.163.11

Static Port Mapping

192.168.111.111:5060

210.59.163.10:10000

VIP-2100 NAT Enable

Setting:

Public Signal IP: 210.59.163.10
Public Signal Port: 10000
Public RTP IP: 210.59.163.11
Public RTP base por