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New Features

Number Introduction of new features in the version

1 One Number, Ten Devices feature, which allows one phone
number (i.e., number one) to be registered and bound to up to

ten devices at the same time, enhancing the flexibility of

numbers and interconnectivity of devices. (Currently supports

OM200G / OM1000 -UC)

2 Room status management function, which is designed for
hotel industry. By dialing the specified function code through

the extension, the system will push the room status
information to the hotel PMS system through messages to
realize real -time information update.

3 On the [Application Services > Alarm Notification] screen, the
phone alarm function is added. Allows the user to
automatically call a specified phone number to alert the user
when a specific alarm occurs on the device.

4 Dual power supply status page display function, users can
monitor the dual power supply status of the device in real time
through the status bar. (Currently supports OM1000 -UC)

5 The SIP trunk proxy server adds the master and backup
function on the basis of the original master and backup
mechanism, and terminals are prioritized to be switched
between the dual master proxy servers, and are switched to
the backup proxy server only wh  en both masters fail.
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1 Overview

1.INpmbsarq

OM series IPPBX products are multifunctional business office telephone systems for
branch offices of small and medium - sized enterprises. This series of products integrates

the functions of VoIP, voice, fax, and recording, and is compatible with a variety o f
business platforms and terminals such as CallManager, Broadsoft, Skype for business,
Huawei IMS, and Asterisk, providing a diverse range of converged communication

solutions.

Supports local and remote management via Web GUI or SSH, automatic management
(Auto provisioning), centralized management of TR069/TR104/TR106. Supports remote

management and monitoring of equipment through the Newrock cloud service.

In addition, NewLync digital collaboration platform and Neehau business assistant
software developed by  Newrock can be used together to support intelligent
communication functions such as cell phone extension, instant multi - party conference,
call records, address book click dialing, customer information management, etc, which

help enterprises communicate efficientl  y among switchboards, employees and customers

and lay a solid foundation for enterprises to analyze the data of their core business.
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1.2.1 OM20G

Table 1-1 OM20G Product Model

Number of Interface Number of analog Number of analog extension
Model number _ )
Cards external interfaces interfaces
OM20G-4S 1 0 4
OM20G - 4FXO 1 4 0
OM20G-2S/2 1 2 2

Figure 1 -1 OM20G Front Panel
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Table 1-2 OM20G Indicator Status Description

Gbga_rmp @ glicp gnCnj | _rgml
@ gligle ggBctgac qr _prsn gl npmepcqq
NUP
Qrc_bw epdqQr _prsn amknjcrec
&epccl
Md d D_gjspc rm nmucp Sn mp nmucp
Rf c U?L nmpr bmcqg I mr ecr rfec
nmpr ggq I mr amllcarcb rm rfc
Qrc_bw pech )
U?L nmpr _bbpcgq d_gjspc* GN
d_gj spc* cra,
@ gligle gBctgac qgr _prsn mp Isnb_rc sne
QRS U?L nmpr ecrq rfc _bbpcagqg* q
Qrc_bw epdqd o
&pch* e gsaacqqgdsjjw
@ gligle
_jrecpl _rgt
. U?L nmpr ecr@GN brbprcqgms!l b pceg
cruccl pq
epccl
@ gligle U?L nmpr ecrqg _bbpcgqgq* I m pce
Am carj w bclrgdwgl e rm ec
so@ Qrc_bw epd pp J g 9 ¢ q p_
nmpr
&epccl
@ gligle ¢l1E-2E Glrcplcr a_pb bg_jgle ¢
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Gbga_rmp @ glicp gnCnj _| _rgml
Md d Slamll carch SQ@ bctgac* 1E- 2
d_gjspc mp Im bg_jgle(
Qrc_bw epqU?L amllcargml cqgr _"jgqfchb*
u?L
@ gligle U?L amllcargml c¢cqr _"jgqfcb ug
&epccl
Md d U?L nmpr | mr ugpch
Qrc_bw epqJdglii gqg amllcarcb “sr I m qcpt
N A
@ gligle qUgrf “sqgglcgqg djmu rp_lqgkggqg
&epcecl
Md d Rfc jgli gq | mr amllcarch,
Bggnj _wgqg rfc jglc rwnc gr_rsqgs8
) ) Rfc jglc ggqg bcrcarcb _q _I ms
@ gligle
gr _prsn
) ) Rfc jglc gg bcrcarcbhb _qg _I cv
@ gligle
TMGAC gr_prsn
&epe[E\IQ*Mdd Lm jglc bcrcarcb &c,e,* slnjs
wc j DM’ cra,'’
Umpi Qr _rsqgs8
Qrc_bw wcijGlI "mslb mp msr mslb tg_ _I_jm
@ gligle y?1 _jme msrqgbc a_jjcp pglegle
Qrc_bw epdac¢?l _j me cvr €Inmgg mirpmdrd
@ gligle €?1 _jme cvrcl ggml pgl egl e
Md d ®jc qr _rc
Lmrc8 Bspgle rfc qr_prsn npmacqgq md r f
jglec rwnc bggnj_w gr_rsq* _Ib rfc qr_p
umpigle qr _rc,
Pcqrmpc rfc d_armpw bcd_sjr g
@srr ml “srr oml ugr f nmglrcb m>  hcar
PQOR
Bcgapgn gl bga_rmp ggq dj _qfgle pcb* r
bctgac pc mmr rm amknjcrec
Figure 1 -2 OM20G Rear Panel
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Table 1-3 OM20G Interface Description

Connector Definition

Analog extension interface (RJ11) for connecting analog phones, fax machines, POS
machines.

FXS

Analog outside line interface (RJ11) for connection to the public switched telephone network
(PSTN).

FXO

The PC port is used to connect to a computer.
The WAN port is used to connect to the uplink network.

Two 100 Gigabit Ethernet switching ports (RJ45) that share a common IP address. The IP
PC/WAN address is obtained by DHCP by default, and the default address 192.168.2.218 is used when
the acquisition fails. The address can be modified in Basic Configuration >Network .
Note: The OM does not automatically assign an address to the computer, you must manually
configure the computer's IP address to be on the same network segment as the OM.

USB USB port for connecting a USB storage device.
Note: The device contains another 16GB of internal storage.

Serial port for connecting a serial terminal for background debugging.

Note: Not normally used. A dedicated RJ45 -RS232 serial connection cable is required to
CON connect to the RS232 port on the PC. This connection cable needs to be made or purchased.

If connecting to a laptop that  does not have an RS232 port, a USB to RS232 serial connection
cable is also required.

RST Reset button for restoring factory settings.

Power connector for connection to a power source.
PWR Note: Use the power adapter provided with the unit.
Grounding Used to connect the ground wire.
terminal

Figure 1 -3 RJ45 - RS232 Serial Connection Cable Figure 1 -4 USB- RS232 Serial Connection Cable

-

)
L
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1.2.2 OM50G

Table 1-4 OM50G Product Model

Number of Interface Number of
Number of analog )
Model number Interface Card Name Cards . analog extension
external interfaces ;
interfaces
OM50G-12S 401A-4S 3 0 12
401A-2S/2 1
OM50G - 10S/2 2 10
401A-4S 2
401A-2S/2 2
OM50G - 8S/4 4 8
401A-4S 1
OM50G - 6S/6 401A-2S/2 3 6 6

Figure 1 -5 OM50G Front Panel

s - 0. C
e @ o5 @ @3 en
@2 @+« @ O 90 812

Table 1-5 OM50G Indicator Status Description

Gbga_rm ) _ .
. @ glicp qrfN.prgasj _p
jgefr
@ gligle eBctgac qr _prsn gl npmepcqgq
NUP
Qrc_bw epc Qr _prsn amknjcrc,
&epcecl
Md d Lm nmucp sn mp nmucp d_gjspc
ORS Rfc U?L nmpr bmcg I mr ecr rfc GN _b
2 b Qrc_bw pcbhamllcarcb rm rfc | crumpi a_"jc* BF
ch* e
P d_gjspc* GN _bbpcgg amldjgar* NNNMmMC
@ gligle pBctgac qr_prsn mp Isnb_rc snep_bc g
Qrc_bw epcU?L nmpr ecrq rfc _bbpcgg* QGN cvrec
@ gligle

_jrecpl _ragt N
U?L nmpr ecr@GN broprcqmg!l b pcegqgrp_rg

“cruccl pc
epccl
@ gligle €eU?L nmpr ecrq _bbpcgg* I m pcegqrp_r

SQ@ Qrc_bw epcAmppcarjw gbclrgdwgle qrmp_ec bctga
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Gbga_rm . )
1660 @ glicp qgrfN.prgasj _p
&epccl| @ gligle €e1E-2E Glrcplcrgsaapggghg_j gl e
Md d Slamll carcb SQ@ bctgac* 1E-2E Glrecp
~r rfgq rgkc' d _gjcb mp Imr bg_jgle
Qrc_bw epcU?L amll car gml cqr _ jggfcb* “sr Im
&Ue?chcl @ gligle €eU?L amllcar gml cqr _ jggfcb wugrf " sq
Md d U?L glrcpd_ac I mr ugpch
Qrc_bw epc/Jdgli ggqg amllcarcb “sr I m gcptgac dj
&eNSCC| @ gligle eUgrf “sqglcgq djmu rp_lgkggqgml
Md d Rfc jgli gq I mr amllcarch
Bggnj _wgqg rfc jglc rwnc qgr_rsqgs8
@ gligle wWRfc jglc gg bcrcarcb _qgqg _I msrqgbc
@ gligle eRfc jglc ggqg bcrcarchb _qg _I cvrclggm
Md d Lm jglc bcrcarcb &c,e,* slnjseecb |
Ump i Qr _rsqgs8
TMGAC
gepemVQ Qrc_bw wcj|Gl "mslb mp msr mslb tg_ _I _jme msraq
wej FDMaM® @ gligle wW?l _jme msrggbc a_jjcp pglegle
Qrc_bw epcl?l _jme cvr ¢Ilmpg mlafpmdrd
@ gligle 2?1 _jme cvrcl gqggml pgl egl e
Md d ®jc qr _rc
Lmrc8 Bspgle rfc qr_prsn npmacqq md rfc bctgad
gr_rsqg* _Ib rfc qr_prsn gq amknjcrcb rm pcrsp
@srr ml Bcgapgnr g ml
Pcqrmpc rfc d_armpw bcd_sjr qgqcrrgleq md rfc b
PQR 113 gcamlbqg slragj rfc QRS gl bga_rmp gq dj _qf
pc mmr rm amknjcrc,
*This model does not support 3G/4G internet card dial - up internet access for the time
being.
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Figure 1 -6 OM50G Rear Panel
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Table 1-6 OM50G Interface Description

Connector Definition
EXS Analog extension interface (RJ11) for connecting analog phones, fax machines, POS
machines.
EXO Analog outside line interface (RJ11) for connection to the public switched telephone network
(PSTN).
The PC port is used to connect to a computer.
The WAN port is used to connect to the uplink network.
Two 100 Gigabit Ethernet switching ports (RJ45) that share a common IP address. The IP
PC/WAN address is obtained by DHCP by default, and the default address 192.168.2.218 is used when
the acquisition fails. The address can be modified in Basic Configuration >Network .
Note: The OM does not automatically assign an address to the computer, you must manually
configure the computer's IP address to be on the same network segment as the OM.
USB USB port for connecting a USB storage device.
Note: The device contains another 16GB of internal storage.
Serial port for connecting a serial terminal for background debugging.
Note: Not normally used. A dedicated RJ45 -RS232 serial connection cable is required to
CON connect to the RS232 port on the PC. This connection cable needs to be made or purchased
by yourself. If connecting to a laptop that does not have an RS232 port, a USB to RS232 serial
connection cable is also required.
RST Reset button for restoring factory settings.
PWR Power connector for connection to a power source.
Note: Use the power adapter provided with the unit.
Grounding Used to connect the ground wire.
terminal
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1.2.3 OM8B0OE/OMS80E -A

Table 1-7 OM80OE/OMSOE - A Model No.

I —— Number of analog Number of analog extension
external interfaces interfaces
OMB80E/OMB80E- A-8s/8 8 8
OMB80OE/OMB8O0E- A- 165 0 16
OMB8OE/OMB80E- A- 16fx0 16 0
OMB80OE/OMB80E-A-16s/16 | 16 16
OMBOE/OMB8OE - A-24S 0 24
OMB8OE/OMS8OE -A
OMB80OE/OMB80E- A-24s/8 8 24
OMBOE/OMBOE-A-24s/24 | 24 24
OMB80OE/OMB80E- A-32s 0 32
OMB80OE/OMB80E- A- 32fxo 32 0
OMB80E/OMB80E-A-32s/16 | 16 32
OMB80OE/OMB8OE- A-40s/8 8 40
OMB80OE/OMB80E- A-48s 0 48
OMB80OE/OMB8OE- A- 48fxo 48 0

Figure 1 -7 OM80E/OMB8O0E - A Front Panel
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Table 1-8 OM80E/OMBS8OE - A Indicator Meaning Table

j fagle |
(I;bga_rmij_q J J‘N_prgasj_p
gr _r sgq
Qrc_bw epc|Nmucp ml,
NUP
Md d Nmucp I mr amllcarch
&pch* e
Qrc_bw pcb|{Nmucp gsnnjw _ "I mpk_jgrw
@ gligle e/Cosgnkclr gl mncp_r gml
Qrc_bw pch|Bctgac qgr _prsn gl npmepcqq
QRS Rfc gwqrck gmdru_pc gq qr _prgle _I
&pch* e|@ gligle pjrfgg nmglr rfc qwqrck gq gl bg_elm
jgkgrcb ° _qggq,
Md d Qwgrck Jmai
Md d Lm _j_pk amlbgrgmlg
Ecl c rgml md j k & ] k I bga
5 JK @ gligle p p_rg . _J _pkKQ _J _pPKQg g g
gr _rsq bggnj_w k_rpgv'
&pchb* e
Ecl cp_r gml md _j_pkag &_j_pkqg gl bgad
Qrc_bw pch )
bggnj _w k_rpgv'
rc_bw epc
Q - P Rfc jgli ggqg amllcarch
qgbc’
CRF/ - CR — -
) Wejjmu dj _ )
&jcdr _| ] Ugrf “sqglcgq djmu rp_Il gkggqgml
Jrfec jecdr g
qgbcgq
Jgefrq msr ) ]
Rfc jgli gqg I mr amllcarchb,
qgbcgqg
Gl bga_rcqg jglc rwnc mp qr_rsqgq bspgle bctgac
i Il crumpi nmpr amll cargml q8
Qrc_bw epc|Rfc nmpr ggqg bcrcarcb _q _I DVQ nmp
@ gligle e|Rfc nmpr gq bcrcarch _q _I DVM nmp
JCB qr _r
) Md d Rfc nmpr ggq | mr bcrcarcb &nmgqgg jc
bganj _w |
Gl bga_rcqg jglc a_j]j gr _rsq ufcl rfc slgr gq
k _rpgyv
Gl "mslb mp msr mslb tg_ DVM nmpr
Qrc_bw epc )
DVQ nmpr ngaicp
) ) Pgl egle qgel _j bcrcarcb ml DVM nmp
@ gligle e _
DVQ nmpr gclbg _ pglegle qgel _j
Md d ®jc qr _rc
@srr ml Bcgapgnr gml
Pcgrmpc rfc d_armpw bcd_sjr gcrrgleq md rfc b
PQR kmpc rf _I 1 qcamlbg slragj "mrf rfc QRS _I b ?
pcjc_qgqc gr _Ib u_gr dmp rfc bctgac pc  mmr rm
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Table 1-9 OMB0OE/OMB80E - A System Operation Status Display Comparison Table

Blinking letter Status sense

C Device IP address conflicts with IP addresses of other devices on the LAN

D Device startup failure

E Network failure

P Device is in the middle of a system software upgrade (for BIN upgrades or IMG file upgrades
only)

T The application has exited (the device is unusable)

Figure 1 -8 OMB0OE/OMS8OE - A Rear Panel - Single AC Power Module

~100-240V;50/60Hz; 1.2A Max

Figure 1 -9 OM80OE/OMB8OE - A Rear Panel - Single Direct AC Power Module
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Table 1-10 OM80E/OMBS8OE - A Interface Description

Connector Definition

Front panel

Corresponds to the 4 x 4 LED status display lamp matrix on the interface board.

- Each column corresponds to four phone lines on an RJ45, the first column on the left from top
to bottom corresponds to lines 1 to 4, the rightmost column from top to bottom corresponds

to lines 13 to 16, and so on in the center.

Each interface board card corresponds to 4 RJ45 sockets, and each RJ45 socket corresponds

to 4 pairs of analog telephone lines. Use Category 5 Ethernet cables to connect the interface

board to the patch panel when installing the unit, see the pinout specif ications for Appendix
B for pinout specifications.

Note: The number of interface boards will vary between models. The three interface board

cards are serial numbered from left to right as plug -in card #1 (line numbers from 1 to 16),
plug -in card #2 (line numbers from 17 to 32), and plug -in card #3 (line nu mbers from 33 to
48).

Rear panel

Restore the factory default settings of the device. Press this button with a pointed object for
RST more than 3 seconds until both the STU and ALM indicators are green and always on, then
release it and wait for the device reboot to complete.

CON Configuration port for local management and debugging.

Two 100Gb Ethernet switching ports share the same IP address, the default IP address is
192.168.2.240, which can be changed in "Basic Configuration > Network".

ETH1/ETH2

USB port.

AC power input connector for 100V to 240V alternating current (AC) voltage.

usB
- DC power input connector for inputting -48V direct current (DC) voltage.

Grounding post.

1.2.4 OM200G/OM200G -A

Table 1-11 OM200G/OM200G - A Model No.

Number of analog Parameters

] Number of analog
Product Model extension (FXS)
TS external (FXO) ports

Single exchange
OM200G/OM200G - A-NA device

. . telecommunications
Determined by the type and number of interface ( )

OM200G/OM200G-A-NA -2AC cards purchased Dual AC equipment
OM200G/OM200G-A-NA -1DC Single DC device
OM200G/OM200G-A-NA -2DC Dual DC equipment
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Table 1-12 OM200G/OM200G - A interface card

Model number Number of analog extension (FXS) ports s;::sber of analog external (FXO)
24FXS 24 0

24FXO 0 24

16FXS+8FXO 16 8

12FXS+12FX0O 12 12

Gl rpmbsar gml rm tmgac glrcp®_’'ac a_pbg &MKO. . E- MKO. . I

C_af tmgac glrcpd_ac a_pb f _g qgv PH23 gs qgapg cp |

amllcarcb rm dmsp n_gpq md rcjcnfmlc jglcqg* rfc sqit

PH23 apwqgr _j fc_b* I'b rfc mrfcp cfld gndr agdc_ac " Ij sck “g

rfc mpbcp md n_gpq md ugpengp mamal Ibcgagrrcpbg “rsmm grnflc dj pg_ekfer 1&g

rfc ugpgl e kmb/et/ IgcRHB2 Dgemgpiccr nmpr nglmsr jc_b gncacg

™V
NweBm | mr amllcar c¢clcpegxcb jglcg gqgsaf _qg _|I _jme rps

rm rfc DVQ nmpr rm _tmgb b_k_ec rm rfc DVQ nmpr,
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Figure 1-10 User line port schematic

(Optional)
. .. " aaee O
EF% E%%]
AT DRI | ()
FXS FXO
7;}‘ or
‘ i PSTN
Figure 1-11 RJ45 Receptacle Port Pinout Specification Table
RJ45 Pin Number | 1 2 3 4 5 6 7 8
Analog Line . nd pair (1 d p nd pair (2 4th p
Mot b - 2" pair (1) - 2" pair (2) -
Wire Type P1 R TIP2 P R RING2 P4  RING4
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Figure 1-12 OM200G/OM200G - A front panel

Table 1-13 OM200G/OM200G - A Indicator Meaning Table

Gbga_rmg@ glicp qr|{N_prgasj _p
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NUP Md d Nmucp | mr amllcarch
&pchb* e
Qrc_bw pcb{Nmucp gsnnjw _ "I mpk_jgrw
@ gligle e Cosgnkclr gl mncp_rgml
Qrc_bw pcb|Bctgac qr _prsn gl npmepcqq
QRS Rfc qwqrck gmdru_pc gq qr _prgle _I
&pcb* e|@ gligle pjrfgq nmglr rfc qwgrck gq gl bg_el m
jgkgrcb ° _qggq,
Md d Qwgr ck j mai
Md d Lm _j_pk amlbgrgmlg
51K @ gligle pEclcp_rgml Tnd _j_pkg &_j _pkg gl bga
gpch* e gr _rsq bggnj_w k_rpgv'

Ecl cp_r gml md _j _pkqg &_j_pkqg gl bga
Qrc_bw pch )
bggnj _w k_rpgv'’

rc_bw epc
Q - P /... K ng
ggbec
Pgefr qgbc|/.-/7..k nq
CRF/ - CR
) Qrc_bw epc . ) .
&jcdr _| b Nfwgga_j jgli cqgr_"jgqfcbhb* “sr I m
qggbc
qagbcq’ - -
@ gligle e o , . .
Nfwgga_j jgliqg f_tec ccl cqr_ jgqf
qgbc’
Jcdr ggbec Lm nfwgga_j jgli cqgr_"jgqfch
SQ@ Qrc_bw epc|Amppcarjw gbclrgdwgle gqrmp_ec bctg
&epccl | Mdd Slamllcarcbh SQ@ bctgac
Gl bga_rcq jglc rwnc mp qr_rsq bspgle bctgac
i I crumpi nmpr amll car gml q8
JCB qr _r
b ] Qrc_bw epc|Rfc nmpr ggqg bcrcarcb _q _I DVQ nmp
n w
kgq b - @ gligle e|Rfc nmpr gq bcrcarcb _q _I DVM nmp
_rpgyv
Md d Rfc nmpr ggq | mr bcrcarcb &nmgqgg jc

Gl bga_rcqg jglc a_j]j gr _rsq uf cl rfc slgr gq
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Gl "mslb mp msr mslb tg_ DVM nmpr

rc_bw epc
Q - P DVQ nmpr ngaicp

Pglegle qgel _j bcrcarchb ml DVM nmp

@ gligle e .
_ PpPglegle qgel _j

DVQ nmpr gqcl bgq
Md d ®jc qr _rec

Table 1-14 OM200G/OM200G - A System Operation Status Display Comparison Table

Blinking letter Status sense

C Device IP address conflicts with IP addresses of other devices on the LAN

D Device startup failure

E Network failure

P Device is in the middle of a system software upgrade (for BIN upgrades or IMG file upgrades
only)

T The application has exited (the device is unusable)

Figure 1-13 OM200G/OM200G - A Rear Panel - Single AC Power Module

Figure 1-14 OM200G/OM200G -A Rear Panel - Single DC Power Module

— 10/100/1000 —

COoN ETH1  ETH2
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Table 1-15 OM200G/OM200G - A Interface Description

Connector Definition

Front panel

A matrix of 4 x 6 (4 rows and 6 columns) LED status display lights on the interface board.
- Each column corresponds to four phone lines on an RJ45, the first column on the left from top

to bottom corresponds to lines 1 to 4, the rightmost column from top to bottom corresponds
to lines 21 to 24, and so on in the center.

Interface slots, each of which can be equipped with an optional interface board card. Each
interface board card corresponds to 4 RJ45 sockets, and each RJ45 socket corresponds to 4

pairs of analog telephone lines. Use Category 5 Ethernet cables to connect the interface
board to the patch panel when installing the unit, see the pinout specifications for Appendix

B for pinout specifications.

The four interface boards are arranged in serial numbers from left to right, top to bottom. The

Slotl~4 upper left plug -in card is plug -in card #1 (analog telephone line numbers from 1 to 24), the
upper right plug -in card is plug -in card #2 (line numbers from 25t o0 48), the lower left plug -
in card is plug -in card #3 (line numbers from 49 to 72), and the lower right plug -in card is

plug - in card #4 (line numbers from 73 to 96).

Note: Replacing a board with power has no effect on other board applications except for the
board being replaced. If the board to be replaced is working properly, simply reboot the unit
at the appropriate time.

Rear panel
Restore the factory default settings of the device. Press this button with a pointed object for
Rst more than 3 seconds until both the STU and ALM indicators are green and always on, then
release it and wait for the device reboot to complete.
Con The configuration port (CON) is used for local management and debugging.
Ethl/eth? Two Gigabit Ethernet switching ports share the same IP address, the default IP address is
e

192.168.2.240, which can be changed in "Basic Configuration > Network".

AC power input connector for 100V to 240V alternating current (AC) voltage.

- DC power input connector for inputting -48V direct current (DC) voltage.

Grounding post.
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1.2.5 OM1000-UC/OM1000-A-UC

Table 1-16 OM1000 - UC/OM1000 - A-UC Model No.

Number of

analog Number of analog
Product Model .

extension external (FXO) ports

(FXS) ports

Definition

OM1000-UC/OM1000-A-UC 0 0

1 model only and only supports
single AC power supply

Figure 1-15 OM1000 - UC/OM1000 - A-UC Front Panel

Table 1-17 OM1000 - UC/OM1000 - A-UC Indicator Meaning Table

(ISbga_rm|cq_qule jgN_pfgaSi_P
gr _rsgq
NUP Qrc_bw epc|{Nmucp ml,
&epccl | Mdd Nmucp I mr amllcarch
@ gligle e/ Cosgnkclr gl mncp_r gml
Qrc_bw pcb|Bctgac qr _prsn gl npmepcqq
QRS Rfc qwqrck gmdru_pc gdq qr _prgle _I
&pchb* e|@ gligle pjrfgqg nmglr rfc gqwqgrck gq gl bg_el m
jgkgrecb " _dqgq,
Md d Qwgrck Jmai
Md d Lm _j_pk amlbgrgmlqg
Gl bga_rcqg rf_r rfc dmjjmugle npm j
. Bctgac GN _bbpcgq amldjgarqg wugrf
gpch* e @ gligle p rfc J?.L |
Lcrumpi d_gjspc
Rfc _nnjga_rgml f_q cvgrchb &rfec
Qrc_bw pcb|{Bctgac qr _prsn d_gjspc
Qrc_bw epc|Jdgli gqg amllcarcb “sr I m gcptgac d
QB @ gligle elUgrf “sqglcqggq djmu rp_lgkgggqggml
Md d a_pbjcqq
CRF/ - CR|Qrc_bw epc N
&j cdr _llggbc' fo.. K na
ggbcqg'|Pgefr ggbc|/ .-/ ..K ng
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Qrc_bw epc o ) . N

Nfwgga_j jogli cqgr_ jgqfchb?* sr |I'm
ggbc'
@j i l e e
19 g Nfwgga_j jgliq f_tc “ccl cqr_"jggqf
qggbc’
Jcdr qggbec Lm nfwgga_j jgli cqgr_"jgqfch

Figure 1-16 OM1000 - UC/OM1000 -A-UC rear panel

~100-240V,50/60Hz; 1A Max ~100-240V,50/60Hz; 1A Max

Table 1-18 OM1000 - UC/OM1000 - A-UC Interface Description

Connector Definition

Restore the factory default settings of the device. Press this button with a pointed
RST object for more than 3 seconds until both the STU and ALM indicators are green and
always on, then release it and wait for the device reboot to complete.

CON The configuration port (CON) is used for local management and debugging.

4 Gigabit Ethernet ports, WAN interface default IP address 10.20.2.240, AUX, EXP1,
EXP2 three interfaces share a common IP address by default, the default address is

WAN/AUX/EXP1/EXP2 192.168.2.2.
The IP address can be modified in "Basic Configuration > Network".
SD SD card interface.
- AC power input connector for 100V to 240V alternating current (AC) voltage.
Grounding post.
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1.3.1 Connected device

Place the device on a flat table, or fix it in a rack, and then connect it as follows (the

connection diagram takes OM50G as an example):

Figure 1 -17 Installation wiring diagram

FXOXFXOXFXS(FXS) (FXOXFXONFXS)FXS) (FXOXFXOXFXSIFXS

OO OO () 0 38 ¢
| — 0_

© 3
= O |(a Ty
g N o |

Step1 The WAN interface (OM20G/OM50G/OM1000 -UC/OM1000 -A-UC) or ETH1
interface (OM80OE/OMS80E - A/OM200G/OM200G -A) of the device accesses the
network.

Step 2 The FXO interface of the device connects the telephone line provided by the
telecommunication operator or other extension lines derived from the PBX.

Step 3 The unit's FXS interface connects to an analog phone or fax machine.
Description:

The FXO and FXS interfaces (RJ45) of the OM8B80OE/OM80E - AJOM200G/OM200G -A
need to be wired after splitting the connected - out network cable into 4 pairs of
analog telephone cables (RJ11). For RJ45 pinout specifications see Table 4-2.

OM1000 - UC/OM1000 - A-UC without FXO interface and FXS interface, Step 2 and
Step 3 are omitted.

Step 4 The smaller diameter end of the ground wire connects to the equipment and the
other end connects to the grounding strip.

Step 5 Access to power.
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1.3.2 Login Device

Step 1 Connect the computer and device PC interface (OM20G/OM50G) or ETH2 interface
(OMBOE/OMBOE - A/JOM200G/OM200G -A) or AUX interface  (OM1000 -
UC/OM1000 - A-UC) with a network cable.

Step 2 Queries the device IP address.

The OM20G/OM50G factory defaults to obtain an IP address automatically via
DHCP, the OM80OE/OMS8OE - A/IOM200G/OM200G -A factory defaults to use the
fixed IP address 192.168.2.240, and the OM1000 -UC/OM1000 -A-UC factory
defaults to use the fixed IP address 192.16  8.2.2. It can also be accessed as follows:

Get it by dialing "###" from an analog phone connected to the FXS port of the
device.

If there is no FXS port on the device (e.g. model OM20G  -4FXO), use the
Newrock [P address acquisition tool "Finder” to obtain an IP address.

Additional Notes:

If you need to change the device address to a fixed IP, use the analog phone to

dial *90 + IP address + # subnet mask # gateway address #0#, where the "." in

the IP address is replaced by "." "." in the IP address is replaced by "*". Restart

the device whe n you hear the voice prompt "Business Registration Successful".

If you need to configure the device to obtain an IP address through DHCP, dial
*Q0###1# from an analog phone and restart the device when you hear the voice
prompt of "successful business registration”.

Step 3 Set the IP address of the computer to be in the same network segment as the IP
address of the device.

Step 4 Enter the IP address of the device (e.g. 192.168.2.240) in the address bar of your
browser to open the login screen.

Step 5 Select your identity and language on the login screen and enter your password to
log in to the device. The default administrator password is admin.

b s Access to the device with HTTP is automatically switched to access via HTTPS. Since the

Note certificate provided by the factory is used, for example, in Internet Explorer, the prompt
"There is a problem with the security certificate of this website" appears, a nd the login
page can be accessed after clicking "Continue to browse this website".

You can't log out by closing the browser directly, you need to click "Log out" in the upper
right corner of the web interface.

Bmaskclr Tcpggml /OAmnwpgéefcu Pmai Rcafl mj megcq* Gl a 13



MK O E*MK3 E*MK6 .C*-MK6 . € * ®MK.*E
MKO . +BMK/ . .+SAMK/ . .+2+SA Qcpgcq Mt cptgcu
Figure 1-18 Login screen

CH EN

A Officium

NEWROCK @ m 50G 1p-PBX Mansgement

| Admin

| 6- m Q__ §  Refresh

N

Copyright © New Rock Technologies, Inc. 2024. All rights reserved

Table 1-19 Login Interface Parameters

Item Definition

Chinese|English Select the interface in Chinese or English.

The device provides two levels of administrative privileges:

. Administrator:  has the authority to modify all configuration parameters, such as
changing the login password. After logging in, "Administrator” is displayed in the upper
left corner of the interface.

. Operator: only has permission to view some of the parameters. After logging in,
"Operator" is displayed in the upper left corner of the screen.

The device allows multiple logins.

When more than one person logs in with an administrator account, only one person can
be the administrator, and all others are "users", and "User Browsing" is displayed in the
Dignity upper left corner of the interface after logging in.

Later administrators logging in can force the first logged in to log out, or not (then the
later logged in logs in with user rights). Only the administrator has modification
privileges. Users only have browsing privileges.

Notes:

The "User Browsing" mode and operator account login do not allow you to modify the
configuration, and you can only browse some of the pages. The pages that cannot be
viewed are: Security Configuration, Change Password, Software Upgrade, Configuration
Impor t, and Configuration Export. It is also not possible to view the password of the IP
outside line, the password of the extension and its PIN code.
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Item Definition

The initial password for the OM20G/OM50G administrator is a random password, see
the label on the back of the unit.

The default password for OMBOE/OM80OE -A/OM200G/OM200G -A/OM1000 -
Password UC/OM1000 -A-UC is admin.

The default operator password is operator

Change the administrator password when logging in to the device for the first time, as
detailed in 02.10.5 Change Password .

Consists of 4 digits and letters. If the CAPTCHA image is not visible, you can click to

CAPTCHA )

change it.
Related Apps |Rspl ml rfc Lcujwla ajmsb gcptgac* _q bcr_g
Download

After the user logs into the page as an  administrator , a dialog box pops up prompting to
change the initial administrator login password.

Figure 1-19 Prompt to change the administrator login password screen

Maote >

The password is factory default, high

security risks, modify it now?

14Gl r pmbsar gml rrm Uc K_| eckclr Glrcpd

The OM's Web management interface is divided into a system button area, a menu bar,
and a configuration area.

Figure 1 -20 Web Management Interface

Admin Infg | Feedback | Reboot | ggouq
Basic Extension Trunk Multi-site Application Advanced Security System tool Log I
This device has been running for 5 days and 2 hours 51 minutes 47 seconds. It started on 2025-02-19 10:37:39 Refresh | Change Password | Metwork Diagnosis

P2P traversal status: Disabled

oA | B

&

—
Wired network Alarm Analog extension|  IP extension Storage Multi-site
192.168.190.6 In conversation Online 2 Normal Globally assigned

0
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Table 1-20 Web Interface Layout Description

Item Definition

Provides buttons for Restart, Exit, Feedback, and Product Information, as well as a search

(1) System key . . ) . . .
box for searching the corresponding configuration page according to the function name,

area
and displays the user identity of the current login screen.

Mouse over the corresponding module will expand the lower -level function menu for you
(2) Menu bar . - . ' .
to choose. The selection result is displayed in the configuration area.

(3) Configuration Used to modify and or view the configuration.
area

15Lcr umpi Aml dgesp_r gml

1.5.1 Network Parameters ( OM20G/OM50G)
Click Basic Settings >Network to set the IP address and related parameters of the device

according to the network environment in which the device is located.

By default, the network interface PC interface and WAN interface of OM20G/OM50G are
switched interfaces and share a common IP address, which is obtained through DHCP by
default, and the default address 192.168.2.218 is used when DHCP acquisition fails. Thi s

address can be modified under  Basic Settings >Network >WAN.

The operating mode of the PC interface can also be modified under Basic

Settings >Network > PC, for a description of the parameters see  Table 2-16.
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Figure 1-21 Network Configuration Interface

OM50G »dmin Info | Feedback | Reboot | Logout

Status Basic Extension Trunk Multi-site Applicati Ad o i tool Log

¥ 'Y

Network Didingrule  Auto attendant VR Audiofiles Remote access

Wired network

A
ig:‘::ij"c:;?y"’ Sl O Static IP address
P addrass 192.168.1906
Subnet mask 2552552540
Default gateway 192.168.190.1
ig:‘:‘:i:?c:ﬁf“s = ® Specified manually
Primary DNS sarver 114 114 114 18
Secondary DNS server 114 . 114 . 115 . 115
PPPoE
O Enable ®) Disable
| | VPN | |
O Enzble ® Disable
PC
Mode Switching port w
STUN
STUN ® Enable O Disable
Server P address / Name stun.newrocktech.com
Server port 3478
Session interval B0 5 (Range: 30 - 65535)
4G MAT operations Full ~
802.1X v
Table 1-21 Description of network parameters
Item Definition
Wired network ., Use Dynamic Host Configuration Protocol (DHCP) to obtain IP addresses and other
network parameters.
Setup IP Address: the IP address of the device. When the connection mode is "Fixed IP

Address", the address can be set manually; when the connection mode is "Automatic IP
Address", the address can not be set manually, but if the automatic acquisition of the
addr ess fails, the device will use the existing fixed IP address.

Subnet Mask: The subnet mask is used in conjunction with the IP address. This
parameter must be entered when the gateway adopts a fixed IP address; when the IP

address is obtained automatically through DHCP, the subnet mask obtained
automatically by DHCP i s shown here.

Default Gateway: the IP address of the LAN gateway where the gateway is located.

When the gateway obtains an IP address through DHCP, the LAN gateway address
automatically obtained through DHCP is shown here. There is no default value for this

item.

DNS servers: set the preferred and alternate DND servers. Prioritize the use of preferred
DNS servers to resolve domain names.

PPPOE

User name Enter the account number provided by your service provider. No default value.

Bmaskclr Tcpggml [/ OAmnwpgéfcu Pmai Rcafl mj megcqg* Gl a 17



MK 0 E*XMK3 E*MK6 C-MK6 . € *

MK .*E

MKO . +BMK/ . .+SAMK/ . .+2+SA Qcpgcq Mt cptgcu
Item Definition
Password Enter the password provided by your service provider. No default value.
DNS server Select Obtain DNS servers automatically to obtain DNS servers from the upper router.
Select Manually Configure DNS Servers to configure the preferred DNS servers and
alternate DNS servers.
PC

Operating mode

The following two modes can be configured:

As a switching port: the PC interface and the WAN interface are switching ports, and
the two interfaces can be used interchangeably. IP address of the shared WAN
interface. This is the factory default configuration.

As a dedicated interface for IP outside line (configurable IP address): This mode is
generally used for PC interfaces connected to an ONU (Optical Network Unit) to
access to the carrier's voice private network. If the cloud server, auto management
ACS server, CDR server, API application server, and recording server are also in the
dedicated voice network, you need to check the corresponding check boxes.

IP address

The IP address of the PC interface.

Subnet mask

The subnet mask of the PC interface.

Default gateway

The IP address of the LAN gateway where the PC interface is located.

Vpn
User ID Set the VPN account username.
Password Set the VPN account password.
DNS server The following two modes can be configured:
, Automatic acquisition of DNS servers: The system automatically configures DNS
server addresses.
, Manual Configuration: Preferred DNS servers and alternate DNS servers are set by
the user.
Stun

Operating mode

The following two modes can be configured:

, As a switch port: the user sets the STUN server as a switch port.

As a dedicated connection port for IP outbound (configurable IP address): Users set
STUN Server as a dedicated connection port for IP outbound, and can add other
applications (automatic management, CDR server, API application, recording server,
and customi ze the IP address of STUN Server), and the connection method can be
selected from fixed IP address (set by users with IP address, subnet mask, default
gateway, preferred DNS server and alternate DNS server) and automatic IP address
acquisition.

802.1x

Enable or disable 802.1X network port authentication.
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1.5.2 Network Parameters (OMB0OE/OM80OE - A/OM200G/OM200G -A)

By default, network ports ETH1 and ETH2 of OM80E/OMS80E - A/JIOM200G/OM200G -A
share the IP address of ETH1 (default 192.168.2.240) under Basic Settings >Network,
which can be modified. The IP address description of ETHL1 is the same as that of Table

1-21 with the WAN of the ETHL1.

The ETH2 port can be modified for the network port mode. For a description of each
model, see Table 1-22.

Figure 1-22 ETH2 Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Network Dialing rule  Auto attendant (VR Audio files  Remote access

Hest name i@ OfficiumB0E
ETH1
Setup Static IP address il
IP address 192 . 168 . 143 . 82
Subnat mask 255 . 255, 252 . O
Default gateway 192 . 168 . 140 . 1
Primary DNS server 114 . 114 114 . 114
Secondary DINS server 114 . 114 . 115 . 115
ETHZ2
Mode Switching port v
STUN EE e

Redundant port for ETHL
LAN port (IP address configurable)
Specakzed WAN port for SIP trunks (TP address configurable)
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Table 1-22 ETH2 Parameter Description

Item Definition

Setup The following four modes can be configured:

As a switching port: ETH2 and ETH1 are switching ports, sharing the IP address
configured at ETH1. This is the factory default configuration.

B

As a redundant port of ETH1 port: connect both ETH1 and ETH2 interfaces to the
same LAN or WAN, prioritize the use of ETH1 port, and when the ETH1 connection
fails, the device automatically enables the ETH2 port (about 1.75 seconds).

As an intranet port (configurable IP address): The ETH2 can be configured with an
independent IP address for downlinking to IP phones or other Voice over IP
devices. The downlink voice equipment only needs to set an IP address in the
same network segmenta s ETH2 to interconnect with OM, which does not need to
occupy the IP resources of the uplink network, reduces the load of the uplink
network equipment, and the failure of the uplink network equipment does not
affect the communication between OM and extensi ons. This mode is applicable
when the IP address resources of the uplink network of the OM are tight: even if

the uplink network can only assign one IP address to the OM side, the OM can still
extend other voice devices.

As a dedicated interface for IP outside line (configurable IP address): This mode is
generally used for the ETH2 interface to connect to the ONU (Optical Network
Unit) to access to the carrier's voice private network. If the cloud server, auto
management A CS server, CDR server, API application server, and recording server
are also in the voice private network, you need to check the corresponding check
boxes.

IP address The IP address of the ETH2 interface when the operating mode is set to Intranet
Interface or IP Outbound Private Interface.

Subnet mask The subnet mask of the ETH2 interface when the operating mode is set to Intranet
Interface or IP Outbound Private Interface.

Default gateway The IP address of the LAN gateway where the ETH2 interface is located.
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1.5.3 Network Parameters (OM1000 -UC/OM1000 -A-UC)

By default, the default IP address of the WAN interface of OM1000 -UC/OM1000 -A-UC is
10.20.2.240 and the default IP address of the AUX/EXP1/EXP2 interface is 192.168.2.2.
The IP address description of the WAN interface is the same as the Table 1-21 the WAN

interface.

The AUX&EXP interface can modify the working mode of the network interface. For a

description of each model, see  Table 1-23.

Figure 1-23 AUX&EXP configuration interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Network Dialingrule  Auto attendant VR Audiofiles Remote access

Host rame g OfficiumB0E
ETH1
Setup Static IP address o
IP address 192 . 168 . 143 . 82
Subnet mask 255 . 255 . 252 . O
Default gateway 192 . 168 . 140 . 1
Primary DNS senver 114 . 114 114 . 114
Secondary DNS server 4. 114 . 115 . 115
ETHZ2
Mode Switching port ~|
STUN SR JREL

Redundant port for ETHL
LAN port (1P address configurable)
Specilized WAN port for STP trunks (1P address configurable)
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Table 1-23 AUX&EXP Parameter Description

Item Definition

Mode The following three modes can be configured:

As a switching port: WAN interface, AUX interface, EXP1 interface and EXP2 interface are
switching ports for each other and share the IP address of WAN.

B

As an intranet connection port (configurable IP address): Independent IP addresses can be
configured for AUX & EXP, i.e., AUX, EXP1 and EXP2 ports share the same IP address (WAN
uses a separate IP address). This mode is generally used for these three inter faces to downlink
IP Phones or other Voice over IP devices. The downlinked voice devices can interconnect with

OM by simply setting an IP address in the same network segment as AUX&EXP, which does

not need to occupy the IP resources of the uplinked network , reduces the load of the uplinked
network devices, and the failure of the uplinked network devices does not affect the
communication between OM and the extensions. Therefore, it applies when the IP address
resources of the OM's uplink network are tight: even if the uplink network can only assign one

IP address to the OM side, the OM can still extend other voice devices. This is the factory
default mode.

As a dedicated interface for IP outside line (configurable IP address): This mode allows you to
configure independent IP addresses for AUX & EXP, which are shared by AUX interface, EXP1
interface and EXP2 interface. This mode is generally used to connect a n ONU (Optical
Network Unit) to access to the carrier's voice private network. If the cloud service, auto

management, CDR server, API application, and recording server are in the dedicated voice
network, you also need to check the corresponding option to use this network interface.

IP address IP address of AUX&EXP when the operating mode is set to Intranet Interface or IP Outside Line
Dedicated Interface.

Subnet Subnet mask of AUX&EXP when the operating mode is set to Intranet Interface or IP Outside
mask Line Dedicated Interface.

Default LAN gateway IP address.

gateway

1.5.4 Domain name resolution

When the device accesses a destination address in the form of a domain name, it first

requests a DNS server to resolve the domain name to an IP address, for which it needs to

configure the DNS server address.

Step 1 Click Basic >Network to set up DNS servers.
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Figure 1-24 DNS Server Configuration Interface

Status Basic Extension Trunk ISDN
Metwork Malingrule Auto attendant VR Audio files  Remote access

Multi-site

Applicat

Host name @ Officium 1000 -
WAN
Setup Static IP address v
IP address 192, 168 . 190 . 130
Subnet mask 255 255 255 0
Default gateway 192 . 168 . 190 !
Primary DNS server 114 114 14 . 114
Secondary DNS server 4. 14, 115 . 115
AUX&EXP
Mode v
STUN Switching port
LAN port (IP address configurable)
STUN |
Specialized WAN port for SIP trunks (IP address configurable)
802.1X ISP network redundant
Enable ) v

Table 1-24 DNS Server Parameter Description

Item Definition

"Obtain IP address automatically" or "PPPoE".

Auto - acquisition The device obtains the DNS server address automatically through DHCP or PPPoE.

This option can only be selected if the network connection method is configured as

defaults to manual configuration.

Manual The device uses manually configured DNS
configuration OM20G/OM50G/OMB80E/OM80E - A/IOM200G/OM200G -A/OM1000 - UC/OM1000 -A-UC

server

addresses.

Preferred DNS
servers

If you select "Manual Configuration", you must enter the IP address of the preferred DNS
server for your network here, the default value for OM20G/OM50G/OM80E/OMB80E -
A/OM200G/OM200G - A/OM1000 - UC/OM1000 -A-UC is 114.114.114. 114.

Alternate DNS
servers

If you select "Manual Configuration”, you can enter the IP address of the alternate DNS
server of the network here, it is not mandatory, OM20G/OM50G/OM80E/OMB80E -
A/OM200G/OM200G - A/OM1000 - UC/OM1000 -A-UC defaultsto 114.114.115.115.

Bmaskclr

Tcpgqgml /OAmnwpgéfcu Pmai Rcafl mjmegcqg* Gla 23




MK 0 E*MK3 E*MK6 C*MK6 . € *
A?4S A Qcpgcq

MK O . +#BMK/

S AMK/ .

WK .*E

Mt cptgcu

1.5.5 STUN

Click Basic Settings > Network to configure to obtain the public IP address of the router

on the front end of the device through the STUN function.

Figure 1 -25 STUN Configuration Interface

Status Basic

Extension Trunk

Multi-site Applicati Ad d

ity System tool Log

Network Digingrule Autoattendant VR Audiofles Remote access

® Obtain an IF address
sutomatically

P address
Subnet mask

Default gateway

O Obtained DNS server
automatically

Primary DNS server

Secandary DNS server

O Static IP address
192.168.150.5
255255.254.0
192.168.190.1
® Specified manually
4. M4 14 114

M4 . 14 0 115 . 115

. PPPoE
| | © Enable ® Disable
VPN
O Enable ® Disable
C
Made Switching port ~
STUN
STUN @ Ensble O Disable
Server IP address / Name stunnewrocktech.com
Server part 3478
Session interval &0 s (Range: 30 - 65535)
4G NAT operations Full ~
802.1X
Enable O

Table 1-25 Description of STUN interface parameters

|
I T

Iltem Definition

Stun The device periodically sends a request to the STUN server to obtain the public IP
address of the router on the front end of the device.
OM20G/OM50G/OM80E/OM80E - A/JOM200G/OM200G -A/OM1000 - UC/OM1000 -
A-UC is turned on by default, and the processing is SIP re  -registration.

Server IP Set the address of the STUN server, the factory value is the address of the Newrock

address/domain name

Cloud server.

Server port

Set the port of the STUN server, the default is 3478.

Session interval

The interval at which the device sends STUN requests, value range 30~65535
seconds, default 60 seconds.
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Item Definition
Treatment SIP re-registration: when there is a change in the public IP address returned by the

STUN server, the device re -initiates registration with the registration server. The
period for sending a STUN request should normally be less than the registration
period in order to detecta chan  ge in the outside address of the router andre - register
it in a timely manner.

Note: The CONTACT, VIA, and "C=" domain addresses in the SIP message sent by the
device remain the address of the device itself and are not replaced with the public IP
address in the STUN response message.

SIP re-registration + update NAT  address: After the public IP address returned by
the STUN server is changed, the device re  -registers with the registration server and
replaces the VIA, CONTACT, and "C=" domain address and port in the SDP in the SIP
message.

2E L?R mncp_rgmlg

2E L?R mnéep_ggml amknjckclr_pw mnrgkgx_r gml rm

ncpdmpk_1 ac

a_ | c

md MK gcpgcq bctgacqg slbcp 2E | crumpiq

gk mmr fcp,

Figure 1 -26 Network management interface
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STUN ® Enable O Disable

Server |P address / Mame stun.newrocktech.com

Server port 3478

Session interval 60 s (Range: 30 - §5535)
4G MAT cperations Full ~

4G SDP with NAT address updating

Enzble |

4G SIP with NAT address updating

4G neither SIP nor SDP with NAT address updating
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Step 1 Click the option box to configure

Figure 1-27 4G NAT operations options screen
4G NAT operations Full w
4G SDP with NAT address updating
Enable |

45 SIP with NAT address updating

43 neither SIP nor SDP with MAT address updating

Step 2 Select Configuration Options
Step 3 Save Settings

Table 1-26 Functional definition of the 4G NAT operations button

Item Definition

Full Enabling NAT address updates for SIP and SDP protocols

4G SDP with NAT

. Update only the NAT address in the SDP
address updating

4G SIP with NAT

. Update only the NAT address in SIP signaling
address updating

4G neither SIP nor
SDP with NAT No NAT address update for SIP and SDP
address updating

6.0, /V

802.1X is an IEEE standard for authentication of users accessing a network, known as

Port-Based Network Access Control (PBNAC). 802.1X authentication involves three

components: the applicant, the authenticator, and the authentication server. The

applicant is a client device that needs to connect to a LAN/  WAN, the authenticator is a

network device (e.g., an Ethernet switch or a wireless access point), and the

authentication server is usually a host that supports the RADIUS and EAP protocols.

With 802.1X, the applicant provides credentials, such as a username/password or digital

certificate, to the authenticator, who forwards them to the authentication server for
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verification. If the authentication server deems the credentials valid, the applicant can

access the network.

The OM supports 802.X and acts as an applicant, requiring 802.X to be enabled on the

OM when the network requires 802.1X authentication.

Click Basic Settings > Network to enable the 802.1X feature.

Figure 1-28 802.1X Configuration Interface

Digling rule  Auto attendant  IVR  Audiofiles  Remote access

Default gateway 152.168.150.1 A
O Obtained DNS 5
aumm“;‘;”y kil ® Specified manually
Primary DNS server 114 - 114 0 114 . 114
Secondary DNS server 114 . 114 . 115 . 115
PPPoE
O Enable ® Disable
VEN
O Enable ® Disable
PC
Mode Switching port ~
STUN
STUN ® Enable O Disable
Server [P address / Name stun newrocktech.com
Server port 3478
Session interval &0 s (Range: 30 - 65535)
4G NAT cperations Full ~
B02.1X
Ensble
Identity
Usemame
Password v

Save

Table 1-27 802.1X Interface Parameter Description

Item Definition

Enable Enable the 802.1X function.

Identi ty Identity for authentication, provided by the authentication server
User name Username for authentication, provided by the authentication server
Password Password for authentication, provided by the authentication server
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1.5.6 Remote access

When the OM is behind a NAT or firewall, there are two ways to make the OM accessible

to other devices or application servers on the outside network (typical application

scenarios are IP extensions on the outside network registering to the OM or multiple

devices grouping together):

Penetration method

This method only requires that the penetration function be enabled on the OM and

no other configuration is required. This is recommended as the preferred method.

port mapping method

This method requires port mapping to be configured on the ingress router. you also

need to configure the external network address on the OM. you may need to use

DDNS.
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The configuration steps are as follows:

Step 1 Click Basic >Remote Access to enable penetration

Figure 1 -29 Penetration Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Metwork Diglingrule  Autoattendant VR Audio fles  Remote access

Port mapping needs to be configured on the router which the WAMN port of devices connected to:
Signaling port 5060 , RTP port 10010 - 10266 .

Edernal I address Ecternal DDNS ~

Inner network IP phone registrar server

P2P traversal and porting mapping on the ingress
router cannct be enabled concurrently; When P2P

P2P traversal

Enable traversal is enabled, the parameter “Increments of
port number” on “Trunk > IP trunk” pageis
disabled.

Status Dizabled

Secure access code

Registrar for extemnal terminal 3EF401 sip.newrocktech.com:5090 & [B

| have read and agree to theUSER LICENSE

User agreement AGREEMENT

The WeWei registered address and port

Table 1-28 Description of penetration parameters

Item Definition

Enable Enables or disables penetration.

A 6-digit number randomly generated by the device. The security access code is
Security access code automatically added to the following addresses registered for the extranet
terminals to improve the security of the domain name.

The penetration domain name (used by other terminals to access the OM) is

automatically generated when the penetration function of the OM is enabled, and

Registrar for external . . . .
9 consists of the "security access code" and the "last 6 digits of the device's MAC

terminal i
ermina address". "sip.newro cktech.com:5090"

Remote IP extensions only need to set the registrar server to that domain name.

It is recommended to turn on the automatic detection server (configured according to the

b}
Note

manual of the IP extension) for external IP extensions to ensure that the call -inis normal.

Step 2 Save the settings.
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Step 3 When an external device accesses the OM, fill in the OM address as the penetrating
domain name ( i.e., the registered address of the external terminal on the interface).

NmpK_nngKcer f mb

1. Configuring OM

Step 1 Click Basic Settings >Remote Access to configure the extranet address

Figure 1-30 Remote Access Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Network Diglingrule Autoattendant VR Audiofiles Remmote access

Port mapping needs to be configured on the router which the WAN port of devices connected to:
Signaling port 5060 , RTP port 10070 - 10266 .

External IP address External DDNS w

Inner network IP phone registrar server

P2P traversal and porting mapping on the ingress
reuter cannct be ensbled concumently; When P2P

Enable traversal is enabled, the parameter “Increments of
port number” on “Trunk > IP trunk” page is

P2P traversal

disablad.
Status Disabled
Secure access code
Registrar for extemal terminal 3EF401sip.newrocktech.com:5090 & [@

| have read and agree to theUSER LICENSE

User agreement AGREEMENT

The WeWei registered address and port

Table 1-29 Description of extranet access parameters

Item Definition

Select this item when there is no fixed IP address for the external network entrance,

External hostname o .
and fill in the DDNS domain name of the WAN port of the entrance router at the

(ingress router DDNS) )
domain name .

Ingress router Select this item when the external network entrance has a fixed |P address, and fill in
extranet address the public IP of the WAN port of the entrance router in the IP address field.

This option is available when the ingress has no fixed IP address and does not use

the DDNS domain name of the ingress router's WAN port.

o You need to apply for a domain name, username and password from a DDNS service
Built -in DDNS id
provider.

OM supports the following DDNS providers: www.oray.com, www.3322.0rg,
dyndns.org, freedns.afraid.org, www.no  -ip.com.

Step 2 Save the settings.
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2. Configure the ingress router

Configure port mapping on the router, using the D - Link router as an example:

Figure 1 -31 Router Port Mapping Configuration Interface

name Protocol
OM-sip/rtp <s|| Appname Y| UDP vW
IP address . — Port
192.168.0.00 | e R 50601001

Table 1-30 Port mapping parameter

Item Definition

Fill in the IP address of the OM. The IP address can be viewed in the Network
section under the Status page of the OM.

IP address
Note: The IP address of the OM needs to be the fixed IP address of the ETH1/WAN
port. This address can be configured in the OM's Basic >Network .
Fill in the OM's SIP signaling port and RTP port ranges. Under OM's Outside
Settings>SIP Outside>Registration Options , you can view the local ports; in the
Port Application Services>Media , you can view the maximum and minimum values of

RTP ports.
Note: If you can specify the port number after mapping, please keep it consistent
with the port number of the OM.

3. When an external device accesses the OM , the OM address filled in is the IP address

or domain name of Basic >Remote Access>Remote Address on the OM interface.

1.5.7 VPN (OM20G/OM50G)

The OM20G/OM50G is embedded with an OpenVPN client, which is used for SIP external
access to SIP servers in a VPN network, avoiding the problems that may be caused by the

SIP protocol when traversing firewalls and traversing NATS.

%‘

Note The VPN function is only used for SIP outside line access to the private LAN.

After logging in, click "Basic > Network" to configure the OpenVPN client.
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Figure 1 -32 VPN Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Network Dadingrule  Auto attendant VR Audio files

) System time page
OpenVPN chent certificate No certificate exists Choose File | No file chosen fligioa

Table 1-31 VPN Parameter Description

Item Definition

Select On and click Save to turn on the OpenVPN client feature. About the VPN server
setup and configuration of this article is omitted.

VPN Note: The OpenVPN feature requires accurate system time, which can be checked or
calibrated by going to the ~ System tool > System time page.
1. Prepare the OpenVPN certificate file "client.ovpn ". The file should be provided by the
server or created by yourself based on the information provided by the server, for
details see 4 OpenVPN Certificate Creation

OpenVPN Client | 2. Select the file and click "Upload". You can view the uploaded certificates in

Certificates "Advanced Settings > Certificates".

3. Reboot the device.
After the reboot is complete, you can view the results of the VPN connection in "Basic

Configuration > Running Status".
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2 Features

21?sr mk _Mmdbp _r mp

2.1.1 Configuring the Automated Attendant

The Auto Attendant function is the OM's ability to play voice navigation (welcome

message) to the caller after an incoming call from an outside line (analog outside line, SIP

outside line) is connected. Voice navigation in OM is divided into two categories : single -
level voice navigation (subsequently referred to as a "voice file") and multi -level voice
navigation (subsequently referred to as "multi -level IVR").

Follow the steps below to configure the voice navigation used by the automated

attendant:

Step 1 Click Basic Settings >Auto attendant to enter the Auto Attendant Configuration
screen.

Step 2 Split between working and non  -working hours (default is full working hours).

Step 3 Select the appropriate voice navigation for working hours and non -working
hours.

Figure 2 -1 Auto Attendant Configuration Screen

Status Basic Extension Trunk Muiti-site Application Advanced Security System tool Log
MNetwork Dialing rule Ao attendant VR Audio files

Auto attendant

Timne schedule Customize ® Business hours all MNon-business hours al

Business hours IVR welcome v ww_Audit Add VR
Non-Business hours IVR offhour v ww_Audit Add IVR
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Table 2-1 Automated Operator Parameters

Item Definition

Customize: Set the time range of the working hours during the week, and the hours
outside the time range are non  -working hours.

Click #to define up to three work periods per day. After the definition is complete,
Time schedule outgoing calls during the time slot are heard as work - slot voice navigation, and times
outside the time slot are heard as non - work - slot voice navigation.

Full work: always play the work hour welcome message.

Full break: always play the welcome message during non  -working hours.

Select the voice navigation used for the work session from the drop - down list, either
as a voice file oramulti -level IVR:
By default, the system has a voice file "welcome" as the voice navigation during
working hours, if you need to change it, you need to prepare the voice file first,
Business hours IVR see 2.1.2 Customizing and replacing voice files If you want to change the voice
file, you need to prepare the voice file first, see
To set up a multi -level IVR, click Add IVR. For specific production see 3)
Microphone recording welcome message

Click Audition to listen to the current voice navigation content.

Select the voice navigation used during non  -working hours from the drop - down list,
either as a voice file or a multi  -level IVR:
By default, the system has a voice file "offhour" for working hours, if you need to

] change it, you need to prepare the voice file first, see 2.1.2 Customizing and
Non- Business hour

IVR

replacing voice files If you want to change the voice file, you need to prepare the
voice file first, see

To set up a multi -level IVR, click Add IVR. For specific production see 3)
Microphone recording welcome message

Click Audition to listen to the current voice navigation content.

Step 4 Save the settings.

Y

Note The voice navigation configured in this section is the default voice navigation used by all
outside lines. If you need to change the voice navigation for an outside line individually, please
go to the outside line interface to change it.
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2.1.2 Customizing and replacing voice files

Table 2-2 The device has two voices by factory default

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Metwork Dialing rule Awto sftendant R Audiofles Remote access

Auto attendant

Tirne schedule Custormize ® Business hours all MNon-business hours al
Business hours VR welcome v ww_Audit Add VR
Non-Business hours IVR offhour » ww_Audit Add VR

Operator

Do not use the same number ta reach the operator as hunt group number, the number to reach the operator, feature access code
analog/IP extension number or another number to reach the operator.

Extension number of the operatar 320 7]

Call distribution ® Sequential Circular Simultaneous
Press 0 to reach the operatos
Murmber of rings before voice prompt 5 =

First digit timeout After playing greeting for ¥ times, transfer to the operator | 20 seconds aftenwards if

there is no caller dialing.

Time period for

Voice file name Element
sth. to take effect
) Welcome to your call, please dial the extension number directly,
Working hours welcome ) .
and dial 0 for number checking.
Non- Business fth We welcome your call. It's after hours, so please dial the extension
offhour
hours number directly.

You can also prepare voice files in the following three ways.

Text - to - welcome message

Microphone recording welcome message

Upload an existing welcome message

1) Text-to-welcome message

This method is easy to operate and the synthesized speech files (Chinese and English)

have excellent sound quality. This option is recommended if the device has access to the
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Internet.
Step 1 Click Basic >Network to set up DNS servers, see 1.5.4 Domain Name Resolution
for details.

Step 2 Click Basic Settings >Audio files >Text to greeting conversation to enter text and
synthesize speech.

Figure 2 -2 Text - to - greeting conversation interface

Text-to-greeting conversion

Male/Female Female in Chinese v Speaking rate 5 v Volume 5 v

In order to get a better sound quality welcome message file, we recommend you to follow
the Definition on the voice management page to download the "Wind Sound" software,
and then do the text -to-welcome message operation. The operation is shown below, at

this point please make sure to open the page with Firefox or Google Chrome.
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Figure 2 -3 Text - to- greeting conversation interface (after installing Wind Sound)

Text-to-greeting conversion =

Male/Female Female in Chine: % Speaking rate 5 s Molume | 5 o

Note
The device must have normal access to the extranet when the text is transferred to the

welcome message. You must also ensure that domain name resolution is turned on in
Basic >Network and configure the name servers.

Step 3 Once the syn c the sized file is saved on the device, you can download it for audition
and delete it on the voice management page.

Figure 2 -4 Audio file management interface

Status Basic Extension Trunk Multi-site Applicati Ad d S it) System tool Log

Metwork Digling rule  Auto attendant VR Awdio files Remote access

Upload color ringloack tone | | Upload greeting || Upload Insert voice | | Text-to-greeting conversion || Recording via phone
File name Type Music on hold Auclit
fring2 Calor ringback tone O W ]
MNewhdorning Color ringback tone W i ]
fring1 Color ringback tone O 2" u
inst_ann_1 Insert voice O W L ]

To simplify the procedures of uploading greetings or color ringback tones, and obtain high quality Test-to-Speech solution, please install Telegreeting software.

Download and instsll Tl ing now. After the installstion is completed, plesse refrash the page by prassing F5.

2) Upload Welcome Message
Step 1 Click Basic >Audio files >Upload greeting .

If you don't have the voice file conversion tool "Wind Sound" installed on your computer,
the page for uploading the welcome message file will be as shown below. The uploaded

file must fulfill the requirements in the page.
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Bmas

Figure 2 -5 Upload greeting Screen

Upload greeting x

1 File name:The file name can contain alphabetic and numeric
characters,underlines and must start with "user® Up to 19 characters is
allowed. 2 Attribute-You must use 8 000kHz, 16-bit mono wav or 22.050
kHz, 16-bit mono wav files. The size must be less than 1.5 MB.

If you have not yet installed the "Voice of the wind" software, we recommend that you first
download and install the "Voice of the wind" software according to the Definition on the
voice management page, and then return to the page to upload the welcome message

file, as shown in the following figure. At this point the uploaded file only needs to be in

one of the MP3, WAV, M4A, WMA, AAC, OGG, AMR, 3GPP formats. Make sure to open the

page with Firefox or Google Chrome.

Figure 2 -6 Upload welcome message screen (after installing Wind Sound)

Upload greeting

The audio file cannot exceed 90 seconds and the excess part will be
discarded automatically.

Source file | Choose File | No file chasen

Applied as @ A new business hours greeting ¥

3) Microphone recording welcome message

Welcome messages can be recorded directly via the shortcut keys on the handset. This
method requires a handset (IP or analog) connected to the device. It is recommended to

record in a noise -free environment.

kclr Tcpggml [/ OAmnwpgéfcu Pmai Rcafl mj megcqg* Gl a 4.



MKO .*MK 3 . *BMMK6 .*0MK6 .2 *MKO . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq
Table 2-3 Microphone Recording Welcome Note

Item Definition
. Take off the phone and dial *81, start recording after the voice prompt, and

Recording . .
hang up directly after recording.

Listen Take off the phone and dial *8200 to listen to the temporarily stored voice file.
. Take off the phone and dial *8301 and then hang up to replace the work slot

welcome message WELCOME;
Save

. Offhook dial *8302 and then hang up to replace the offhour welcome
message offhour.

. Take off the phone and dial *8201 to hear the saved work slot welcome

message;
Play the latest greeting file
. Take the machine off the hook and dial *8202 to hear a saved welcome

message for non -working hours.

Take off the phone and dial *8300 to restore the replacement of the previous

Recovery L
voice file.

b Y

Note

Do not reboot the device during voice recording.

If recording with an IP extension, you must ensure that PCMU/PCMA encoding is used.

2.1.3 Creating multi -level IVR

The multi -level IVR function allows inbound users to independently select the desired
service through the handset buttons according to the broadcast content of the voice

navigation menu. The following is an example of how to configure a multi -level IVR.

A shopping hotline is open 24/7 and the voice navigation consists of a secondary menu.
After the user calls in, the first level menu allows the user to select "product ordering" or
"technical consulting" business, and the second level corresponds to the tw 0 menus allow
the user to further select "product ordering” and "technical consulting” under the sub -

business respectively. The second level of the corresponding two menus allow the user to
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further select "product ordering” and "technical consulting” under the sub - business. In
addition to this, the user can choose to return to a higher -level menu, wait to be served

by the switchboard, and dial an extension number directly during the interaction. The

detailed IVR flow is shown below.

Figure 2 -7 IVR Flowchart

Call to trunk

All time

IVR1
»\Welcome1: Press 1 for sales or press 2 for [«
technical support. Press O for operator.

9 \ \Act? 2 9
IVR2-1 IVR2-2

Welcome2: Press 1 for air-conditioners; 0 Welcome2: Press 1 for air-conditioners; press
press 2 for washing machines; press 9 to 2 forwashing machines; press 9 to retum to
return to previous menu, or you can speak to o) " previous menu; or you can speak to the

the operator later. p;{)g L operator later.

Dial exlension

number

Hunt group Extension Operator Hunt group Extension Operator
301 202 200 311 212 200
Step 1 Prepare the voice files welcomel and welcome2, see the above figure for the

contents of the voice files, and the specific operations can be found at 2.1.2
Customizing and replacing voice files . The specific operation can be seen in the

above figure.

Step 2 Click Basic > IVRto add IVR1, IVR2 -1 and IVR2 - 2. The name of the IVR consists of
English characters, numbers, and hyphens.
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Figure 2 -8 IVR Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Network Dialngrule Autoattendant /MR Audiofiles  Remote access

Name Note Language pm":g:sz Dial extension Dial timeout(s)  Edit Remove
R1 Leve! Default 3 =z ]

IVR2-1 evel 2-purchase me efau Z e

IVR2 Level2-support Default % ]

Table 2-4 IVR Configuration Interface Parameters

Item Definition
N Consists of letters, numbers, hyphens and underscores, and is no more than 20
ame
characters long.
Note Describe the purpose of this voice navigation.
Prompt Select the menu voice file. Voice files need to be prepared in advance.
For multilingual IVR. Only if the first level menu is multilingual voice navigation, you
need to select the corresponding language voice pack for each subsequent level
Language

menu. When in a single language, keep it empty and call the system's default voice
promp ts.

The number of times a voice file is played without the caller dialing. The default is 1
Prompt repeat count time

Dial extension When checked, dialing an extension number is allowed during voice file playback.

The user does not dial the timeout period after the voice file has been played a

Dial timeout - . .
sufficient number of times, the default is 3 seconds.

Step 3 Click Save.
Step 4 Click the Editicon corresponding to IVR1, set IVR1 as shown below and click OK.
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Figure 2 -9 IVR1 Configuration Interface

IVR x
Name IVR1 -
Mote Level 1
Prompt welcome Y W
Language Default r
Prompt repeat count 2 v

Dial extension

Dial timeout 3 5 (Range: 0 to 300)
Events

Press 0O Operat ¥

Press 1 VR v WR2-1 * | B i
Press 2 VR ¥ WR2-2 *| 1

Fress 3 v

Press 4 - ¥

Press 5 T

Press 6 . v

Press 7 A

Press 8 . r

Press 9 v

Press * '

Press # v

Press anykey VR 7 VR v )

Time out Dperat ¥
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Table 2-5 IVR Menu Event Configuration Interface Parameters

Item Definition

Aml dgespc rfc “srrmlqgs8
.l 7* (* '8 Npmacgqgle _drcp rfc sqgcp b

rfc | i cw,
Npcgq _Ilw icw8 bcdglcg rfc f_I|IDbjgle md
Rgkcmsr Npmacgqgl e8 Rfc sqcp bmcqg | mr b
gq nj_wcb slrgj _drcp rfc rgkecmsr f _q ¢
Aml dgespc rfc mncp_rgmlq amppcqgnmlbgle rm
Rp_l gdcp rm Cvrclggml 8 Rp_lgqgdcp rm _|I q
gq qcjcarcbbmwl_ kclbspmmp clrcpchb k_I s _jj
Lmrc8 Gd wms _pc rp_lgdcppgle rm _I <cvr
Event clrcp rfc cvrcl qggml l sk >cp k_IlIs_jijw,

Rp_l gdcp rm Cvrcl qggml Epmsn8 Rp_l gdcp

cvrcl qggml epmsn | sk ¢cp gq gcjcarchb "~ w
Wms Il cchb rm amldgespc | cvrcl qgml ef
@ _qggBkg_j gl en_Rgjcgedmpecf _I b* _ I b rfecl am
dmpu_pb rm rfgqg cvrcl qgml epmsn | sk cp,
GTP8 Em rm rfc jmucp GTP kcls _I b qgcjcig

_bbcb rm rfc GTP joglgmul w_ppolte rfc bpmn
F_ I e sn8 c¢clbq rfc a_jij,
S Mncp_rmp8 Rp_lgdcp rm _I mn ¢ p _ rtanmpl, d R <

@_gga:?srm _rrclb_Ilr n_ec,

Step 5 Click the Edit icon corresponding to IVR2 -1, set IVR2 - 1 as shown below and click
OK.
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Figure 2 -10 IVR2- 1 Configuration Interface

VR X
Name IVR2-1 -
Mote Level 2-purchaze
Prompt welcome2 ¥iw
Language Default ¥
Prompt repeat count . r
Dial extension i
Dial timeout 3 5 (Hange: 0 to 300)
Events
Press 0 - N
Prese 1 Extensi * am r
Press 2 Extensi ¥ 202 r
Prass 3 N
Press 4 T
Press 5 ¥
Press 6 - v
Press 7 - ’

Press 8§ '
Press 9 - ’
Press * '
Press # v
VR T WR2-1 v ¥

Press any key

Time out Operat ¥

o [

Step 6 Click the Edit icon corresponding to IVR2 -2, set IVR2 - 2 as shown below and click
OK.
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Figure 2 -11 IVR2- 2 Configuration Interface

x
MName VR2-2
Mote evel2-support
Prompt welcome2 v e
Language v
Prompt repeat count 2 ¥
Dial extension ¢
Dial timeout 3} s (Range: 0 to 300)
Events
Press 0 - v
Press 1 Extensi ¥ m v
Precs 2 Extensi ¥ 212
Press 3 M
Press 4 - v
Press 5 T
Press 6 M
Press 7 "
Press 8 N

Press 9 VR v VR1 | B

Press #
Press any key

Time out Operat ¥

===
220perators/ Receptionists

After the outside caller user dials 0 (the default), the call is forwarded to the operator's
extension for processing. Please note that in this section, the operator's extension is also
called "switchboard", for example, the "switchboard" in the voice prom pt "To switch to
the switchboard, please dial 0" means to switch to the operator's extension. The factory
default operator extension is the phone connected to the first FXS port of the device. For
example, if the first port of the device is an FXS port, th e extension number is 200, and if
the first FXS port is preceded by an FXO port, the first port number is 200, and so on.

Devices without FXS ports (e.g., OM20G-4FX0) have no default operator.
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To add an operator extension or modify other related information, follow the steps below

to configure:
Step 1 Click Basic Settings >Auto attendant to configure items related to  the Operator

group .

Figure 2 -12 Operator Configuration Screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

MNewwork Dialing rule  Auto affendant VR Audic files Remote access

Auto attendant

Time schedule Customize ® Business hours all Non-business hours all
Business hours IVR welcome v ww_Audit Add VR
Non-Business hours IVR offhour v ww_Audit Add VR
Operator
Do not use the same number to reach the operator as hunt group number, the number to reach the operator. feature access code,
analog/IP extension number or another number to reach the operator.
Extension number of the operator 320 (7]
Call distribution ¥ Sequential Circular Simultaneous
Press 1] to reach the operator
Number of rings before voice prompt 5 T

e f ; i 1 i 5 20 ; i
First digit timeout After playing greeting for| 1 ¥ |times, transfer to the operator | 20 seconds afterwards if

there is no caller dialing.

Table 2-6 Operator Parameters

Item Definition
Fill in the extension number of the extension acting as an operator. The default
number is 200.

Extension Up to 5 can be set, with English commas separating the numbers.

number for the Extensions filled in here automatically disable Call Waiting, Do Not Disturb, and Call

operator Forwarding.
Note: Units without FXS ports (e.g., OM20G -4FXO, OM50G - 12FX0) do not have a
default switchboard.
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Item

Definition

Call Distribution

When there is more than one operator extension, you can select the method of call
distribution.

Bmul Qcj Qajgmlr8® gbjc nfmlcqg gl rfc
rfgqugraf gmnghb ~mv, Gd rfc I sk cpqg dg
_I'b 1201* _Ib rfc mncp_rmp cvrcl ggml
a_jij ugij j gcjcar 100 rm pgl e,

Agpa&R__ipc rsplg gcjcargle nfmlcqg gl

qugraf > m_pb gg 10/* 100* 101* _1lb r

ufcrfcp 100 gq asppclrjw gbjc mp | mr

mp b
ijec
rf _

r f

l sk cpg _pc clguwgrcaf ‘g nmbf c™ mv, Gd rfec

fc

j_qr a_jj 9gqg 100* rfcl _Imrfcp gl amkgl g

Epmsn tg?pjrdmc8 mncp_rmp cvrclqgqgmlqg pg
mlc rm ngai sn rfc nfmlc r_jigq,
Note : When the operator's extension is fully busy, incoming calls will enter the queue
waiting (the queue allows up to 10 incoming calls to wait) and hear the voice prompts
"Sorry, the switchboard is busy, to continue to wait, please press the * key, or change
to dial another extension number".
Press (number) The number to be dialed when transferring to the switchboard, i.e., the switchboard
to reach the prefix, which is 0 by default. If you change to another number, you will need to
operator change the welcome message prompt accordingly.
Number of rings When an outside caller dials an extension and the number of times the extension
before voice rings reach the set value (the default number is 10), the device plays a voice prompt
promp to the caller.
When an outside call comes in, the device can play a welcome message to the calling
First digit party one or more times. After the welcome message is played, the device transfers
] the incoming call to the switchboard human operator at a predetermined time. The
timeout factory default is to play the welcome message once and then wait 24 seconds to
transfer to the switchboard without dialing.
Step 2 Save the settings.
23Rps | i
2.3.1 Analog Trunk (OM1000 - UC/OM1000 - A-UC does not have an analog external
line)
The steps to configure an analog outside line are as follows:
Step 1 Connect the telephone line provided by the telecommunication carrier or the
extension line leading from other PBXs to the FXO port of the OM.
Step 2 Go to Trunk >Analog Trunk to configure the line.
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Figure 2 -13 Analog Outside Line Configuration Interface 1

Status Basic Extension Trunk Muiti-site Application Ad d S ity System tool Log

G
~ Polarity

Connaction Port Enable Number® reversal Snbsosos) Greeting DiD Outbound call Recording Caller 1D Gain

status g route number detection

detection

Anected 1 v DID DID only v Z

ected br v 2N Attendant  Greeting [3 Aliowed v Priorit 4

Advarced

Table 2-7 Analog Outside Line Configuration Parameters

Item Definition

Connection Displays whether an analog outside line is connected to the current port.
status

Port Corresponds to the FXO port serial number on the device panel.

Enabled by default.

Enable If this item is unchecked, the device will not use the analog line on this port for outgoing
calls.

FXO line number, defaults to 2xx. When an incoming call does not have caller ID
information or the Caller ID function is not turned on, the device will use the number set
here as the calling number, so it is recommended to change it to the actual number of

Number the connected analog outside line.
Note: All outside numbers cannot be duplicated, nor can outside numbers be duplicated
with extension numbers.
Polarity Reversal With reverse polarity detection turned on, calls are processed in the Loop Start signaling
Detection mode if no reverse polarity is actually detected.

Select the access method for this outside line:

. Attendant : Incoming calls to this outside line are handled using the automatic

switchboard method.
Inbound route

DID: Binds an outside line to an extension, and when an incoming call comes in, the
device bypasses the automated switchboard and delivers the call directly to the bound
extension.
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Item Definition

Select the voice navigation played by this outside line for incoming calls. This item can
be configured only when you select the access method as the switchboard .

. Switchboard Welcome Message : Indicates the use of voice navigation configured
using the Basic >Audio files page. This is the default option.

IVR: Select a multi -level IVR for voice navigation.

Greetings _ Voice: Select a single voice file for voice navigation. Note that the voice file selected

here is only played during working hours, and only the voice navigation configured in
the Basic Settings >Audio file page can be played during non -working hours.

Note: The device has an upper limit of up to 30 simultaneous voice files allowed to be
played, so the device can play a welcome message for up to 30 inbound lines at the same
time.

Fill in the extension or extension group number tied to this outside line.
DID number . . ;
Note: This needs to be configured when you select the access method as linear .

When the access method for an outside line is set to switchboard , there are two types of
outgoing privileges for that line:

. Allow: Allows the line to be selected for outgoing calls, i.e. the line can be used for
both incoming and outgoing calls.

Forbidden: outgoing calls over this line are forbidden, i.e. the line is only used for
incoming calls.

Outbound call When the access method of an outside line is setto  straight line , there are two types of
outgoing privileges for that line:

. Shared: this outside line can be shared by other extensions.

DID Exclusive : This outside line is only allowed to be used when a bound extension or
an extension group is calling out. And the bound extension will only use the outgoing
line to go out when it makes an outgoing call, which is not affected by the outgoing
call rules.

Af cai rfc "mv rm rspl mi rfc pcampbgle dsl &
Recordings Note: To enable recording, you also need to enable recording on the Application
Services >Recording , for details, see 02.6.1 Recordings .

When an external telephone calls an OM extension through an analog outside line, the
number of the caller's counterpart (external telephone number) is displayed on the
extension if Caller ID detection is turned on; if it is not turned on, the FXO port line
number is displayed. Enabled by default.

Caller ID detection

Used to adjust the volume level received on the FXO port. When talking to an analog
outside party, if the extension party's answer volume is too low or too high, the

Gain to IP .
ainto parameter value can be adjusted up or down. Range: -3.0to +9.0 dB.

Note: The Gain to IP in Analog Outside > Advanced is a global configuration.

Used to adjust the volume level sent by the device to the FXO port line. When talking to
an analog outside party, this parameter can be adjusted up or down if the other party's

in to PSTN - i
Gain to PS answer volume is too low or too high. Range: -6.0to +3.0 dB.

Note: The gain to the PSTN in Analog Outside > Advanced is a global configuration.

Advanced Sets the advanced properties of the analog outside line.
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Step 1 Click Advanced to go to the advanced settings for the analog outside line. This
page parameter relates to volume, caller ID display, and busy signal detection. If
the device is used normally, there is no need to change the factory default
parameters.

Figure 2 -14 Analog Outside Line Advanced Settings screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool &
SIPtunk  Analog trunk 1P trunk

Table 2-8 Advanced configuration parameters for the proposed external line

Item Definition

Used to adjust the volume level received on the FXO port. When talking to an analog
Gainto IP outside party, if the extension party's answer volume is too low or too high, the
parameter value can be adjusted up or down. Range: -3.0to +9.0 dB.

Used to adjust the volume level sent by the device to the FXO port line. When talking to
Gain to PSTN an analog outside party, this parameter can be adjusted up or down if the other party's
answer volume is too low or too high. Range: -6.0 to +3.0 dB.

This parameter can be adjusted when an echo is heard on the PSTN side. It is generally

Impedance o
sufficient to keep the default values.
The time between the FXO off -hook and the delivery of the DTMF called number. If the
value is set too small, it may cause the opposite - end device to miss the number, and too
Outpulsing delay large will prolong the turn  -on time. It is generally sufficient to keep the defaul t values,
which are 1000 for OM20G/OM50G and 600 for OM80OE/OMB80E - AJOM200G/OM200G -
A.
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Item Definition

The selection of the device to show the detection mode needs to be set according to the
characteristics of the peer switch.
Adaptive (after ringing priority): The first call after plugging in or unplugging the
phone line or restarting the device will detect the incoming call after ringing, if the
incoming call is not detected, the next call will detect the incoming call before

ringing.

Adaptive (Pre -Ring Priority): The first call after plugging in or unplugging the phone
Incoming line or restarting the device will detect the incoming call before ringing, if the
detection mode incoming call information before ringing is not detected, the next call will detect

th e incoming call after ringing.

Before Ringing: Each call is detected to show before ringing.
, After Ringing: Each call is detected after ringing to show.
The factory default is "Adaptive (After Ringing Priority)", if after plugging in or
unplugging the phone line or restarting the device, there is always a situation where the

first call is not detected, you can set it to "Before Ringing" or "Adaptive (Befor e Ringing
Priority)". Priority".

The number of times a busy signal is received is compared to the detection threshold,
Busy tone count and the device ignores the received signal if it is less than the detection threshold.
Range: 2 to 5 times.

The duration of the busy signal should be set according to the busy specification of
the country or region where you are located. Defaults to the Chinese busy signal
specification. If US, the value of this parameter should be adjusted to 500 milli
seconds. Busy tone specifications for national regions can be found in 2.9.10 Beeps .

Tone-on duration

The length of the interval between busy signals should be set according to the busy
specification of the country or region where you are located. Defaults to the Chinese

Tone - off duration busy signal specification. If US, the value of this parameter should be adjusted to 50 0
milliseconds. National or regional busy tone specifications can be referenced 2.9.10
Beeps.

2.3.2 SIP Trunk

OM supports Skype Connect in addition to the standard SIP specification, which needs to
be selected when making SIP outbound settings. You need to apply for an account with
your VolIP operator before you can set up a SIP outbound line.

The configuration steps are as follows:

Step 1 Click Trunk > SIP trunk .
Step 2 Click New to fill in the registration information for the new IP trunk .

Note: If the device needs to register to multiple SIP servers (including docking to
Skype connect), you need to enable  multi - platform in Trunk >SIP
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trunk >Registration Options first.

Figure 2 -15 SIP trunk Configuration Interface

Peer trunk ® Register{client Register{server;

& SIP trunk Skype Connect ig

Passwiord g C
Concurrent calls
Imbound route Attendant v

Greeting Gresting v

Table 2-9 Description of IP  trunk registration parameters

Account
Type

Item Definition

Fill in the server address and port provided by the VolP operator.

SIP server Note: When using a domain name address, the Basic > Network must be
configured with a domain name resolution server.

UA Domain name Provided by VolP carriers such as salesdepart.abccompany.com.

Fill in the outgoing number provided by the VolP operator, e.g. 62019550185.

Number Note: All outside numbers cannot be duplicated, nor can outside numbers be
duplicated with extension numbers.

Fill in according to the requirements of the VolP operator for the registration
User name and authentication of the SIP outside line. If not filled in then use the number
to authenticate.

IP
external

Provided by the VolP service provider. The device encrypts the IP external
_ password by default, and you need to contact the service provider to deal
line Password with it after forgetting the password. Supports registration passwords of up

to 16 characters in encrypted case (up to 30 characters in non -encrypted
case).

The maximum number of simultaneous calls that can be made through this
outside number.

Note : The number of concurrent calls to a single outside number cannot
exceed 120 (200 for OM1000 -UC/OM1000 -A-UC), and the sum of the
number of concurrent calls to all outside numbers cannot exceed the

Concurrent

calls . . .
maximum number of SIP outside numbers for the device.

The maximum number of SIP external lines is 24 for the OM20G, 62 for the
OMS50G, 216 for the OM80OE/OM80E - A, 496 for the OM200G/OM200G - A, and
1000 for the OM1000 -UC/OM1000 -A-UC.
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Account .
Item Definition
Type
There are three types:
Direct connection: point  -to- point docking. Both parties are authenticated by
the filled -in IP address.
Registration: the OM registers to the SIP server.
Trunk type
Registered: the remote FXO port gateway is registered as a SIP outbound for
the OM. The FXO port of the OM can be expanded. A registration username
and password must be set on the OM, and the gateway will use this username
and password to registertothe O M.
Select the access method for this outside line:
. Attendant : Incoming calls to this outside line are handled using the

Inbound automatic switchboard method.

route . DID: Binds an outside line to an extension, and when an incoming call
comes in, the device bypasses the automated switchboard and delivers the
call directly to the bound extension.

Select the voice navigation played by this outside line for incoming calls. This
item can be configured only when you select the access method as the
switchboard .
. Switchboard Welcome Message : Indicates the use of voice navigation
configured using the Basic >audio file . This is the default option.
IVR: Select a multi -level IVR for voice navigation.

Greeting . Voice: Select a single voice file for voice navigation. Note that the voice file
selected here is only played during working hours, and only the voice
navigation configured in the  Basic >audio file can be played during non -
working hours.

Note: The device has an upper limit of up to 30 simultaneous voice files
allowed to be played, so the device can play a welcome message for up to 30
inbound lines at the same time.
Fill in the extension or extension group number tied to this outside line.
DID number Note: This needs to be configured when you select the access method as
linear .
When the access method for an outside line is set to switchboard , there are
two types of outgoing privileges for that line:
. Allow: Allows the line to be selected for outgoing calls, i.e. the line can be
used for both incoming and outgoing calls.
Forbidden: outgoing calls over this line are forbidden, i.e. the line is only
Outbound call used for incoming calls.
When the access method of an outside line is set to straight line , there are
two types of outgoing privileges for that line:
. Shared: this outside line can be shared by other extensions.
DID Dedicated : this outside line is reserved for the exclusive use of a
bonded extension or group of extensions.
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Account

Item Definition
Type

?srfclrga_rgml gl dmpk _r gml gl rfc QG
uc ggrc,

SIP user
Njc_qc pcdcp rm rfc esgb_1lac imarsdk cAm
Sgcp Emlgb@i wnc%g uc gqgrc _q _ pcdcpcl 4
?srfclrga_rgml gl dmpk _r gml gl rfc QG
Password uc ggrc, Rfc n_qqumpb gq bZrnm _bwgcgbn jg lw

rcvr ,

Typically, sip.skype.com, which corresponds to the "Skype Connect Address"
Skype connect | in the authentication information obtained from the Skype website.

address Note: You need to configure the domain name resolution server in the Basic
Configuration >Network interface.

The default is 5060, which is consistent withthe "UDP Port" value in the
UDP port o ) ) )
authentication information obtained from the Skype website

) ) You need to check the box when registering, otherwise the registration will
Registration
not be successful.

Select the access method for this outside line:

. Attendant : Incoming calls to this outside line are handled using the
Inbound automatic switchboard method.

route . DID: Binds an outside line to an extension, and when an incoming call
Skype comes in, the device bypasses the automated switchboard and delivers the

call directly to the bound extension.

Select the voice navigation played by this outside line for incoming calls. This
item can be configured only when you select the access method as the
switchboard .

. Switchboard Welcome Message : Indicates the use of voice navigation
configured using the Basic Settings >Audio file page. This is the default
option.

IVR: Select a multi -level IVR for voice navigation.

Greeting
. Voice: Select a single voice file for voice navigation. Note that the voice file

selected here is only played during working hours, and only the voice
navigation configured in the  Basic Settings >Audio file page can be played
during non -working hours.

Note: The device has an upper limit of up to 30 simultaneous voice files
allowed to be played, so the device can play a welcome message for up to 30

inbound lines at the same time.

Fill in the extension or extension group number tied to this outside line.

DID number Note: This needs to be configured when you select the access method as

linear .
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Account

Item Definition
Type

When the access method for an outside line is set to switchboard , there are
two types of outgoing privileges for that line:

. Allow: Allows the line to be selected for outgoing calls, i.e. the line can be
used for both incoming and outgoing calls.

Forbidden: outgoing calls over this line are forbidden, i.e. the line is only
Outbound call used for incoming calls.

When the access method of an outside line is set to  straight line , there are
two types of outgoing privileges for that line:

Shared : this outside line can be shared by other extensions.

DID Dedicated : this outside line is reserved for the exclusive use of a
bonded extension or group of extensions.

Add skype | Skype number tied to your SIP account on the Skype website, e.g.
number 13152880961.

Step 3 Click OK to return to the SIP Outside Line Configuration screen to view the
registration status of the configured SIP outside line.

Figure 2 -16 SIP Outbound Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

SIP trunk DID/DOD  Trunk group

If the server or sub-domain is not configured,the server and sub-demain will use the corresponding configuration of sip_trunk page.

4+ Add | 4 Quick Addition || 4 Batch adding Q Batch configuration w Delete | 3 Registrar OPTIONS ‘

AL CORET BT Greeting DID 4, thound call SRTP TLS R.emrdDel ‘
number ing

O D Trunk Register Number Username Password Concurrent SIP server
type status (2] calls name route

No data

When a SIP trunk is configured as register-in client and TLS is enabled, Please go to Registration Option page and configure TLS server accordingly.

Save

Table 2-10 SIP Outbound Interface Parameter Description

Item Definition

ID Jglc I sk cp,
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Item Definition
Rf cpc _pc 3 pcegqrp_rgml gr _rsqgcqgs8

Registration status

. Successful registration indicates that this SIP outside line is available for use.

Registration Failure indicates that there was an error in the registration of the SIP
outside line. At this time, this SIP external line cannot be used, and the problem can
be analyzed according to the returned error code.

Not registered, registration option is unchecked.

. Timeout, indicating that the registration was not successful within the registration
time limit. This SIP external line is not available at this time. Please check if this SIP
outbound account is already in use.

Domain name resolution failure indicates that the SIP outbound registration failed
due to domain name resolution problem. Please check if the DNS servers are
configured correctly on the Basic Configuration > Network page.

Trunk ID

Concurrent calls

Username

Password

SIP server

UA domain name Q@ cR_ " P+,

Registration

Inbound route

Greetting

DID number

Outbound calls
Rs pl mil rfc pcampbgle dslargml dmp rfc msr

Recording Note: To enable recording, you also need to enable the recording function in the
Application Services >Recording page For details, see 2.6.1 Recordings .

Delete The current SIP outside line can be deleted.

Step 4 Click Registration Options to modify the local port, registration timeout and other

information. It is recommended to modify the local port to avoid SIP attacks.
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Figure 2 -17 SIP Outbound Registration Options Screen

Trunk

Multi-site

System tool Log

Default registrar

Local signaling port 5050 (2]
Registration expération 600 Hange: 15 - 864 1au
Proxy senves
Increments of port numiber 0 O
Regster to multiple ITSPs
Enable
Other
UA domain name (7]
Sub domain (2]
IP address in SIP Contact hoador ® Local address NAT addross
P address in SOP ¢ header * Local adoress NAT address
PSTN failover
Upon outgoing timeout ¥ The ] ca e
Upon outgoing fallure (7]
Second server
Backup method Fixeg v
Backup SIP proxy 168.33.134.53:5060
IMS
S
Limit the concurrent calls of SIP trunks
Limit the concurrent calls of SIP trunis
Table 2-11 Parameter Description of SIP Outbound Registration Options
Item Definition
? ejm _j n_p_kcrcp rf_r ggqg gltmicbh rm a
jglc ufecl gr gq I mr dgjjcb gl,

Default registrat er

Configure the address and port number of the SIP registration server, the
address and port humber should be separated by ":". There is no default value
for this item.

The registration server address can be in the form of an IP address or in the form

of a domain name. For example, 168.33.134.51:5000 or
Www.sipproxy.com:5000.
uf cl sqgle rfc bmk_gl |l _kc dmpk* wms |
aml dgespc rfc BLQ qgcpt@pqaoapAmtdgpepgp gt
glrcpd_ac,
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Item Definition

Rf¢c nmpr ml ufgaf rfc bctgac gcl bg QGN
Local signaling port rfc jma_j QGN nmpr* bcd_sjrg rm 3.4. _|
kmbgdw rfgq nmpr t_jsc rm _tmgb QGN _rr

Registration The period for the device to register with the server, range: 15~86400, default:
expiration 600. Fill in according to the operator's requirements.

It is usually sufficient to keep in line with the registration server. If the operator
provides a separate proxy server, fill in the form as required by the operator.

Proxy server When using the domain name form, you can fill in an alternate IP address at 233
Backup SIP Server Configuration You can fill in an alternate IP address for the
device to switch to when the domain name resolution service fails.

Configure the local port transformable range. After a failed call or registration,
Increments of port

the local port automatically adds 1 to try again, and when the incremental value

numbe r i . .

reaches the configured value, a new cycle begins. The default value is 5.
Permit to use multiple Allows for multi - platform functionality. Once turned on, you can configure the
ITSP registration server and client - side domain name for each IP outside line.

. The attribution of the IP outbound number, provided by the SIP outbound carrier,
UA domain name
example: abccompany.com.

The attribution of the IP outbound number, provided by the SIP outbound
operator, is used in conjunction with  the SIP client -side domain name . If the

Sub domain ) . ) L
domain name is configured as abccompany.com and the subdomain is
configured as ims, the full domain name is ims.abccompany.com.

Set the content of the IP address carried in the SIP Contact header field. If the
device is in the intranet (after NAT) and encounters the problem of voice single

IP address in SIP pass during outbound call, you can try to adjust this parameter to solve the single

Contact Header pass prob lem.

LAN address: Use the LAN address configured by the device itself.

WAN address: use the detected NAT -transformed public network address.

Set the content of the IP address carried by the Connet under SDP in the call. If
the device is in the intranet (after NAT) and you encounter the problem of voice
single - passing during outbound calls, you can try to adjust this parameter to

IP add in SDP . . . .
addressin solve the singl e- passing problem. It is recommended that this parameter be set

Cheader to the same value as Contact.
LAN address: Use the LAN address configured by the device itself.
WAN address: use the detected NAT -transformed public network address.
Outbound Timeout: Automatically call out from the analog outside line of the
device when there is a network failure that makes the SIP outside line
unavailable.
PSTN Failover Outbound Failure: when the call is delivered to the SIP operation platform and

receives 4xx, 5xx and 6xx signaling (except 401/404/422), it will try to call out
from the device's analog outside line

Note: The device must have an analog outside line port to use this feature.
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Item Definition
TLS Server: Set the TLS server address.
TLS Backup Server: Set the TLS backup server address.
SRTP Mode: select SRTP mode, there are 5 modes: outbound RTP only
Tls srtp negotiation, inbound preferred RTP; outbound SRTP negotiation, inbound

preferred SRTP; outbound RTP+SRTP negotiation, inbound preferred RTP;
outbound RTP+SRTP negotiation, inbound preferred SRTP; mandatory.

TLS Side Server: Check to enable TLS side server.

Limit the concurrent

calls of

The check box allows you to configure the upper limit of the total number of

concurrent calls to all SIP outside lines. The upper limit cannot exceed the total

SIP trunks number of SIP outside lines.

2.3.3 Backup SIP Server Configuration

Bmas

Backup SIP servers can be set up. After successful setup, the backup server will be

enabled automatically when the main SIP outbound server is unavailable.

Note: Primary server refers to the proxy server configured in Outbound Settings >SIP
Outbound >Registration Options . Other SIP servers configured for SIP extranets after the

multiplatform is turned on do not support the backup mechanism.

The backup server configuration steps are as follows:

Step 1 Click Outbound Settings > SIP Outbound > Registration Options to find the
backup server configuration
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Figure 2 -18 Backup Server Configuration Interface

Status Basic Extension Trunk Multi-site Applicati Ad d Security System tool Log

SIP trunk  Trunk group

IP address in SDF "c=" field ® Local address Z' MAT address A

TLS SRTP

TLS server
TLS backup server
SRTP mode RTP only (fallback to SRTP foi %

TLS Server O

Second server

Backup method DMNS SRV w

SRV refresh interval ® Use TTL {Time To Live) in SRV response O Use configured value
Local port 1026
& e 53
Retransmission count 3
Failback intersal 300 = eyl 1o trarramat REGISTER: requesst o puimary sevver
v

Send NAPTR. query before SRV query
Send DNS A type query after receiving SRV record Always ® Orly when there is no IP address in SRV response

DNS server Resclve SIP server only.

IMS |
Multi port ]

Limit the concurrent calls of SIP trunks

Limit the concurrent calls of SIP trunks

Table 2-12 Description of Backup Server Configuration Parameters

Parameters Definition

Off: Disables backup server configuration, i.e., backup server registration is not
enabled when the primary server is unavailable.

Fixed: Backup server configuration is on and the server address is pre -set in
the backup server . If you choose the fixed mode, you need to set the backup server
address provided by the VolP operator, and you can check the " Main server status
monitoring " option and set the OPTION request sending period (range from 2 to
65535 seconds) to monitor the main server status periodically.

Backup methods

DNS SRV: Backup server configuration is on, and the device obtains multiple IP
addresses through domain name resolution, the first address is the primary server
and the second is the backup server.

Use the time parameter (TTL) carried in DNS messages:  default configuration.

Srv refresh interval ) ) )
Custom: customize the refresh interval, the value range is 1~65535 seconds.

Local port The port on which the device sends DNS query requests. The default is 1026.

Server port The receiving port of the DNS server. The default is 53.

Retransmission The number of retransmissions of DNS SRV query requests sent by the device to the
count DNS server when the DNS server does not respond. The default is 3.
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Parameters Definition

When using a standby server, you can set up a timed registration request to the primary
Failback interval server to cut back to the primary server. This sets the time interval for sending this
request, the default is 300 seconds.

Send NAPTR query

Configure to send NAPTR queries before SRV queries.
before SRV query

Configure the conditions for sending a Class A query after an SRV query request returns:

Send the DNS an . Always send: a Class A query request is sent regardless of the type of data returned
A type query by the SRV query request;
after receiving . Sent only when the SRV returns a result as a domain name: A Class A query request
the SRV record is sent only when the SRV query request returns data as a domain name. The default
is this item.

Used only for resolving SIP servers. This configuration is available only for
OM20G/OM50G.

DNS server

Step 2 Select the backup mode .

Step 3 Save the settings.

2.3.4IMS

OM can interface with IMS (IP Multimedia Subsystem). When interfacing with the IMS

system, you need to configure IMS  -related information in addition to configuring account

registration on the SIP Outbound page.

The steps for configuring IMS - related information are as follows:

Step 1 Click Outbound Settings > SIP Outbound > Registration Options and find the IMS
Configuration item.
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Figure 2 -19 IMS Configuration Interface
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TLS server
TLS backup server
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Second server

Backup method DMS SRV w

SRV refresh interval ® Use TTL (Time To Live) in SRV response O Use configured value

Local port 1026

Server port 53

Retransmission count 3

Failback interval 300 < Interval o transmit REGISTER request to primary server

Send MAPTR query before SRV query ]
Send DMS A type guery after receiving SRV record O Always ® Only when there is no IP address in SRV response

DNS server Resclve SIP server only.

IMS

M35

Access network info

Multi port

Limit the concurrent calls of SIP trunks

Limit the concurrent calls of SIP trunks

Table 2-13 Description of IMS interface parameters

Item Definition

IMS Check the box to turn on IMS.

Access Network Include the IP address and port number of the access network, e.g.,

Information 192.168.100.200:5060. Not required, fill in as required by your IMS service provider.
Multiport Open multi - port IMS docking.

Step 2 Check IMS and fill in the access network information as required.

Step 3 Save the settings.
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2.3.5 Directly Connected Trunk Groups

Rf c sgcpMemggbrmJglc Qérmyl effgg Rpelchbr fnep $bgeg pcarac_ |

amll car rpsli epmsngq,

StelBqgkp empe ki MGNs*l iaj gaiq rfc Pcegqrp_rgml Mnr g

N

mv r m Pcjejgngqur p_rgml dmp Kk,sjrgnjc nj_rdmpkq
Figure 2 -20 Register for the multi - platform configuration screen

Trunk
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Default registrar eg. 168.33.134.51:5000 or www.sipproxy.com:5000
Local signaling port 5060 [7]
Registration expiration 600 s (Range: 15 - 86400, Default: 600)
Newlync registration expiration 3600 5 (Range: 15 - 86400, Default: 3600)
Proxy server lecalhost 5060 eg. 168.33.134.51:5000 or www.sipproxy.com:5000
Increments of port number 0 v @
Register to multiple ITSPs
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Other
UA domain name [7]
Sub domain [7]
IP address in SIP Contact header field ® Local address O MNAT address
IP address in SDP "c=" field ® Local address O NAT address
TLS SRTP
TLS server
TLS backup server
SRTP mode RTP only (fallback to SRTP for %
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v

Second server
Save

~
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Figure 2 -21 Direct Connect Trunk Group Configuration Screen

Status Basic Extension Trunk Multi-site Applicati Ad ity y tool Log

SIPtrunk  Trumk group

Go back
Mumber 1
Group call restriction ® Unlimited O Group call restrictions
Routing ® Round-robin hunting ' Sequential hunting

Server Server address Call restriction Standby server Primary server

Serverl
Server2
Serverd
Serverd
Servers
Serverf
Server?
Serverf
Serverd
Server10

Table 2-14 Parameter description of the directly connected trunk group

Item Definition

The numbering of the added direct - connect trunk groups is numbered from #1

Batch number
by default.

The number of call concurrencies limited by a directly connected trunk group can be
Group call restriction set to "Unlimited”, or you can set the number of call restrictions for a directly
connected trunk group (limited by the number of trunk concurrencies).

Selection method When outgoing/incoming external SIP calls, the line selection method can be selected
from " Circular " or "Shift Selection".

Rotation: when there is a new inbound/outbound SIP outbound call, the call is equally
distributed to each server in the order of 1, 2, 3;

Shunted: when there is a new inbound/outbound SIP outbound call, Server 2 is
enabled after Server 1 call occupancy;

Note: If the primary server rotation is full, then switch the backup server, the backup
server rotation is full, beyond the call failure (switching conditions are: reach the call
qualifying number, invite no response, receive error code 5xx, such as 506, 503, when
invite no response or receive 5xx code, the system will Retry 3 times, if it fails again,
then the call will end).

Lmr £,8nrm /. QGN RPSLI qgcptcpqg a_l c qcr sn dmp _ (¢
Wms a _| gcr rfc qgqcptcp GN _bbpcggqg _I'b gcr rfc |
gcptcecpqg ml rfc n_ec _Ib qcr _ qgcptcp _qg rfc npgk_

0, QGN a_jjq _pc ml4rwmagesmnkmpbaoc,b gl nccp

1,Gd wms I ccb rm kmbgdw rfc n_p_kcrcpg md | CV
gcjcar rfc bgpcarjw amllcarchbh rpsli epmsn [Ef r |
srr mli mi rfc d_p pgefr,
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2.3.6 DID/DOD (OM1000 -UC/OM1000 -A-UC)

DID means that after binding an outside number to an extension number, when a caller
dials that outside number, the device bypasses the welcome message and delivers the

call directly to the bound extension.

DID/DOD means that after binding the outside line number to the extension number, both
inbound and outbound calls are one -to-one correspondence: when the caller dials the
outside line number, the device bypasses the welcome message and delivers the call
directly to the bound extension, and this outside line can only be used by the extension
with which it is bound.

Step 1 Click Outline Settings > DID/DOD.

Figure 2 -22 Linear (DID/DOD) Configuration Screen

m Basic Extension Multi-site Application Advanced Security System tool Log

+ Add || @i Delete

DID/DOD set: one extension with | 2 v | numbers

= _ _ DID/DOD -1 DID/DOD -2
[JExtension/ extension group Call prefic Call prefic DID

No data

Save

Table 2-15 Linear (DID/DOD) Parameter Description

Item Definition
Add Used to add DID/DOD rules.
DId/ DOD set Used to configure the number of DID/DOD outside lines corresponding to an

extension/extension group, currently supports one extension/extension group can
correspond to 4 outside lines.

Extension/extension Fill in the extension or extension group number that needs to be configured with
group DID/DOD function
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Item Definition
DID/DOD Fill in the outside line number.

Inbound: The OM automatically delivers incoming calls from the outside number
specified here to the corresponding extension or group of extensions.
Outbound: when the filled extension/extension group calls out, the filled
outbound resource is used.
Note: You must set the outgoing prefix and the corresponding outgoing line number in
the Basic Settings >Dialing Rules page, and you need to select Private Line for the
outgoing mode. Then this prefix can only be given to the corresponding
extension/extension group for outgoing calls. Other extensions/extension groups are
not allowed to call out over this outside line.

Fill in the outside line number.

Inbound: The OM automatically delivers incoming calls from the outside number
DID specified here to the corresponding extension or group of extensions.

This outside line allows all extensions/extension groups to be used for outgoing

calls.

Step 2 Save the settings.

24Cvr cl gg ml

OM supports analog extensions and IP extensions, which are described separately below.

2.4.1 Analog Extension ( OM1000 - UC/OM1000 - A-UC does not have analog
extensions)

Each FXS port corresponds to an analog extension number. the analog extension

configuration procedure is as follows:

Step 1 Go to Extension Settings >Analog Extensions to manage the configuration of
analog extensions.
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Figure 2 -23 Analog Extension Configuration Interface
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[] Port Enable Recording Number® Password® @  PIN® T Group  Callrestricion  Email@  Mobilephone @ 1 S2tert ooy seuing
] - z 204 Domestic o)
= R 2 205 Domestic o}

o @ v 206 Domestic o}

O A & @ 207 Domestic o)
Advanced

Table 2-16 Analog Extension Configuration Parameters Description

Item Definition

Batch Batch configuration of extension functions.
configuration

Batch Batch modification of extension numbers.

renumbering

Port Corresponds to the analog extension port (FXS port) on the device.

Enable If this item is not checked, the line is not available. Enabled by default.

The number of the analog extension that corresponds to the FXS port on the OM. The default

is to start assigning numbers from 200.
Number ) . ) ]
Note: All extension numbers cannot be duplicated, nor can extension numbers be duplicated

with outside numbers.

This password is used for authentication during *33 and *99 external inbound calls.

Note 1: The *33 and *99 features allow users to perform telephone operations after calling in
PIN from outside the unit, see the  OM User's Manual.

Note 2: The Call Authorization Code uses the same password as the Extension Lock, which is
also used to set up the IP Phones to automatically download setup information.

Configure the Display Name of the extension (analog extension and IP extension), which
supports Chinese and English.

Displ Displaying names only applies to extension interdialing and requires the IP extension to
isplay as

pay support name display.

If both the OM and the IP phone terminal are configured with a display name, the name

configured on the OM takes precedence.

Select a department for the extension, and extensions within the same department can use
Group the Group Pickup function to pick up calls on each other's behalf. For more information,

please refer to 02.5.6 Group Substitution
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Item Definition

Calls made from an extension are restricted by outbound privileges. When a user outbound

call exceeds permissions, the device will reject the call and play a voice prompt. If extension

A's calling privilege is an internal line, when it calls local, domesti ¢ and international calls, you
will hear the voice prompt: Sorry, your current calling privilege is an extension, please contact

the administrator if you need to adjust it. The default is domestic.

CaII. . . Intercom : Allows internal calls to be made.
restriction
. Local calls: internal calls and local calls are allowed.
. Domestic : internal calls, local calls and domestic long - distance calls are allowed.
. International : Allows internal, local, domestic and international calls.
. Prohibited : Only receiving calls is allowed.
Enter the e -mail address to which the message file will be sent as an e - mail attachment if
Email the extension has a voice message. For message related settings, please refer to 02.6.2
Messages .

After entering a cell phone number, you do not need to enter a password for verification when
using the *33 and *99 functions when calling into the device with that number.
Mobile phone Gd wms _jgmBgpfcaai &mMfadg gl €11 Msr msl b’ dc_rspec

cvrcpl _j l sk cp dpmk rfgq nfmlc* wms a_I bgp
cvrcpl _j a_jj wugrfmsr clrcpgle (11,
Af cai rfgg grck rm _jjmu rfc bctgac rm _jjmu

_ r g ppor w acj j nfmlc mp j_Ibjglec,

Call transfer Lmr cRh8pc_jgxc rfc dsl ar gml md rp_lqdcppgle r

o outside rfc amppcgnmlbgle msremgle a_jj _srfmpgrw,
Lmr cUufosI rp_l gdcppgl e _|I msrqgbc a_jj rm _| m
msrqgbc jglcg _I b glasppgle msremgle a_j|j af |
rsplgle ml rfgq dc_rspc,

Cpn The extension's caller ID can be customized.
A variety of extension features can be configured: phone lock, call authorization, indentation

Setting dialing, same vibration number, black list, secretary phone, prohibit being answered on
behalf of the caller, call waiting, do not disturb, call hold, call forwa rding, transferring to an
outside line, and so on. For details, see 02.5.1 Basic Functions .

Advanced Advanced parameters for analog extensions can be set.

Step 2 Save the settings.

Step 3 Click Advanced to customize the advanced properties of the phone, such as gain,
line impedance, etc. In general, if the extension is used normally, there is no need
to modify the factory default parameters.
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Figure 2 -24 Analog Extension Advanced Settings Screen

Status

Basic Extension Trunk Multi-site Applicati Ad d i tool Log

IPtable Group Extension status subscription  Bound incoming call numbers

Analog P

Go back A
Gainto IP -— 00 dB Adjust the voice volume from the analog extension.
Gain to terminal | -30 dB Adjust the voice volume to the analog extension
Mumber 204
Group - v
Display as
Call restriction Domestic v
Call blacklist None v
Call whitelist None v
PIN @

Authorization with PIN ]
Email

Mobile phone @

Autharization with *33 @ m}

Call forward Disable w
Color ringback tone - |

Speed dial groups @

Hot line Disable ~v | MNumber
Call forking

Blocked numbers You can fill in up to 20 blocked numbers, separated by comma * .

Assistant

Silent monitoring Disable v v

Table 2-17 Analog Extension Advanced Setup Parameter Description

Item Definition
Used to adjust the volume level received on the FXS port. When talking to an analog
Gain to IP outside party, if the analog outside/IP outside/IP extension party's answer volume is too
ain to
low or too high, the value of this parameter can be adjusted up or down. Range: -3.0to
+9.0 dB.

Gain to terminal

Used to adjust the volume level sent by the device to the FXS port line. When talking to
an analog outside line/IP outside line/IP extension, this parameter can be turned up or

dB.

Impedance

Selects the FXS port impedance. Includes composite, 600 ohm, and 900 ohm. Defaults
to composite.

Hook flash time

min

Used to detect phone flash - off events, the default value is 75 milliseconds.

Normally, this value must not be less than 75 milliseconds. This parameter needs to be
adjusted when the analog phone has the phenomenon of "ringing again after hanging

up, but no voice when taking off the phone".

Bmaskclr

Tcpggml / OAmnwpgéfcu Pmai Rcafl mj megcq* Gl a 7/

down if the volume of the analog extension is too low or too high. Range: -6.0 to +3.0

The device will ignore flash -off events shorter than the minimum flash - off time.




MKO .*MK 3 . *MK 6 .*®IK6 .+ *MK O .

MKO . +BMK/ .

> E

ASAMK/ . 24 SA Qcpgcq

Item

Definition

Hook flash time

Used to detect phone flash - off events, default value is 800 milliseconds.
The device will judge the flash breaks whose duration is between the shortest flash break

and the longest flash break as valid flash breaks; the flash breaks which are greater than

max
the maximum flash break duration will be judged by the gateway as hanging u p and then
taking off again. Typically, this value must not be less than 800 milliseconds.
Used to prevent the device from determining jitter in the state of the handset as being

off - hook or on - hook.

Hook

debouncing When the phone changes from the on - hook state to the off -hook state or from the off -

timer hook state to the on - hook state, if the state duration is shorter than this value, the device

i

ignores this state change and considers the phone is still in the original sta te. The value

range is 10~1000, the default is 150 in milliseconds.

Ringing frequency

The default is 25 Hz, 1 second on 4 seconds off. No modifications are generally required.
The range of values is 15 to 50 Hz.

Caller ID
transmission mode

Generally, no modification is required. try adjusting this configuration when the caller ID
is abnormal.

Hotline dialing

relay

The delay time for the device to automatically dial out the pre - set hotline number after
taking off the phone, the default value is 5 seconds, and the valid setting range is 2 ~ 20

seconds. Use when the "Hot Line" function is in "Delay" mode. See also Table 2-19.

2.4.2 IP extension

IP Phones or Softphones (SIP phone software installed on your computer or cell phone)

can be used as IP extensions after successful registration to OM.

To use IP extensions, you need to configure the extension account and registration

password on the OM first, and the configuration steps are as follows:

Step 1 Click
Step 2 Click

as account number 208 and password

Note:

Bmaskclr Tec

Extension > IP .

Add, enter the extension account number and registration password, such
187986 .

The OM20G/OM50G has all IP extensions enabled by default.
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Figure 2 -25 IP Extension Account Configuration Screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Analog MP IPtable Group Extension staius subscription  Bound incoming call numbers

Do not use the same extension number as hunt group number, the number to reach the oper.

feature access code, analog nsion number or another IP extension

he current security level | a strar server fram internet will be rejecte;

& s the tame as the
k| device is behind the NAT. If extencions are allowed to register from interne

to Remote aocess pag

WelWei extensions are supported

+ Add || 4k Guick Addition | 4 Batch adding | | (8 Batch configuration | | i Delete | @ Registrar OPTIONS |
o] Enable Online status Number * Password * &> PIN * Display as Group Call restriction Delete Setting
1 ) B Online 620001 e senunn e nternal L] 0] )
2 o B Online 820002 T Damestic ‘ (o)
) B Online 620003 Domestic [/ ] @
4 # @ Cnline 520004 Domestic ] @
5 F ®Online 620005 Domestic [ ] @
[ v @ Online 620006 Diomestic ] @
7 - B Online 620007 Domestic /] 0]
8 - B Online 620008 Domestic ] [o]
El ’ B Online 20009 Domestic L] o
‘ 10 # B Online &20010 T Damestic ] [o) .
Note: The interface parameters are the same as Analog Extension (OM21000 -
UC/OM1000 - A- UC does not have analog extensions)  basic consistency.
Table 2-18 IP Extension Configuration Parameter Description
Item Definition
Enable If this item is not checked, the current line is not available. Enabled by default.
Online status Displays the current online status of the extension.
Extension number.
Numbers Note: All extension numbers cannot be duplicated, nor can extension numbers be

duplicated with outside numbers.

The password used for extension registration. The factory default is the same as the

Password . . .
PIN, but changing the password does not link to changing the PIN.
PIN, Group, display See also Table 2-16.
as, Call restriction , Note: The default outgoing privilege for IP extensions is internal, and you can
Settings change the outgoing privilege only after you change the PIN code and password.

Step 3 Save the settings.

Detailed steps for registering an IP phone or softphone to the OM can be found in

Appendix A IP Extension Registration to Device
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2.4.3 IP extension address authentication

When the OM and the IP address of an extension are reachable in both directions, after

the address of the IP extension is entered into the OM, the OM will recognize the SIP

endpoint from that address as a trusted endpoint, so that the IP extension can esta blish

a SIP session with the OM without registration. This function is recommended when the

OM is used with a companion gateway (e.g., MX60).

Go to Extension Settings > IP Extension , click Settings , and fill in the IP address of the
terminal device when using IP address authentication , such as the IP address of the
MXB80E gateway used with OM.

Note: You also need to fill in the IP address of the OM at the proxy server on the gateway
used in conjunction with the OM and set the subscriber line number to the extension
number configured on the OM. Please refer to the MX User's Manual for detailed
configuration methods.

Figure 2 -26 IP Authentication Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Anzglog [P IPtable Group Extension status subscription  Bound incoming call numbers

Mobile phone @ A
Authorization with *33 @ ]

Color nngback tone - LT

Call forward Disable ~

Speed dial groups @

Call forking
Blocked numbers You can fill in up to 20 blocked numbers, separated by comma 7, .
Assistant
IP address for IP trusted authentication
Registration IP 192.168.190.4:5062 You can fill in up to 5 registration IR separated by vertical line | .
Registration durstion 600 You can fill in up to 5 registration duration, separated by vertical line
Silent monitoring Disable ~
Barge Disable ~
SRTP O
Caller ID delivery Caller ID with call waiting || Block from being picked up Call waiting
Call haold Call transfer by called party Call transfer by calling party O Call transfer to outside
Black from being silently
Recording [J Call blocking/restriction O  Subscribe MWI (]
monitored
[0 Block from being barged-in  [J Satisfaction survey
Allow extension to configure
0 On-demand recording O Do not disturb Call forwarding Call forking
View the feature access codes v
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2.4.4 One Number Supports Ten Devices

@w pcegqgqrcpgle GN cvrclggmlag* gr k _icq gr nmgqg jc
k _afglcg' rm mlc nfmlc Isk ¢cp &g,c,* Isk> cp mlc' _r

I' b glrcpamllcargtgrw “cruccl ¢mltgaaqlf pgosngag _H ¢ s gdpr

rcpkgl _j _aacqq, Rfc g_kc I'sk cp a_l c sqgchb ml ks
d_agjgr_rcaq djcvg jc gugrafgl e “cruccl ksjrgnjec L
k _I _eckclr amltclgclac,

Step 1 Click on Hierarchy Settings > IP Extension

Step 2 Clickthe © button
Step 3 Click to check the box to turn on the One Multi - Camera button feature

Step 4 Save Settings

Figure 2 -27 One Number Supports Ten Devices Setting Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool

IP Ptable Group Extension status subscription

Blocked numbers You can fill in up to 20 blocked numbers, separated by comma “" . a
Assistant
IP address for IP trusted authentication
Silent monitoring Disable v
Barge Disable v
SRTP O
| Multi IpExt @
Caller ID delivery Caller ID with call waiting [0 Block from being picked up Call waiting
Call hold Call transfer by called party Call transfer by calling party O  call transfer to outside
Block from being silently
[J) Recording [J Call blocking/restriction [J Subscribe MWI a
monitored
O Block from being barged-in (]  Satisfaction survey
Allow extension to configure
[ On-demand recording [J Do not disturb Call forwarding Call forking
View the feature access codes v
?drcp rfc amldgesp_rgml ggqg amknjcrc* wms a_I|l afcai r

GN Cvrcl qgml n_ec

Bmaskclr Tcpggml /OAmnwpgéefcu Pmai Rcafl mjmegcq* Gl a 73



MKO .*MK 3 .*BMK®6 .*@®IK6 .#2*MKO . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq

0,3 Cvrcl ggml Dsl ar gml q

2.5.1 Basic Functions

Click Extension Settings >Analog Extension/IP Extension >Settings to set up the basic
functions of the extension.

Figure 2 - 28 Extension Function Configuration Interface

Extension

Analog P IPtable Group Extension status subscription  Bound incoming call numbers

" Go back ry
Gain to IP | 00 dB Adjust the voice volume from the analog extension.
Gain to terminal | -30 dB Adjust the voice volume to the analog extension.
Number 204

Group = w )

Display as

Call restriction .Domestic V.

Call blackiist Nene ~

Call whitelist Nene ~

PIN [ =}

Autharization with PIN [m]

Email

Mobile phone @

Authorization with *33 @ O
Call forward Disable ~
Color nngback tone = V. o

Speed dial groups @

Het line Disable ~ | Mumber
Call forking
Blacked numbers You can fill in up to 20 blocked numbers, separated by comma " .
Assistant
i Disable ~
Barge Disable ~ v
Caller ID delivery Calller ID with call waiting [ Block from being picked up [ Call waiting
Call hold Call transfer by called party Call transfer by calling party [ Call transfer to outside
Recording [ Distinctive ringing [J Call blocking/restriction [ Polarity reversal signal sending
[ Block from being silently monitored () Block from being barged-in ) Satisfaction survey

Allow extension to configure

() On-demand recording [0 Do not disturb Call forwarding Call forking

View the feature access codes
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Table 2-19 Extension Basic Functions
Gr ck Bcdgl gr gml
Sqcb rm _bhsqr rfc tmjskc jctcj pcacgtch
msrgqggbc n_prw* gd rfc _ I _jme msrqgqgbc-GN
E_gl rm GN
gq rmm jmu mp rmm fgef* rfc t_jsc md rf
P_ | e#8. rm )7,. b@,
Sqcb rm _bhsaqgr rfc tmjskc jctecj gceclr T w
E glrapkgl r_jigle rm _|I I _jme msrqgbc jglc-GN msr
c rsplcbhb sn mp bmul gd rfc tmjskc md rf
P | e®8rm )1, . b @,
Lsk>cp cvrclggml 1 sk cp
Epmsn QcR_"jH 40
?srfmpgx_rgmlQc® " j+# 40
Cvrel qgml jmeAfcai rfc "mv rm jmai, Jmaicb cvrcl ggml
cvrcpl _j jglcg pcosgpcq _srfmpgx_rgml am
Gl * mv Qc & _ "j+# 40
Bggnj _w | _kc |Qc®_ " j+# 40
A_fmsr _srfmp|Qc® " j+# 40
A_jj “j_aijgqQecr sn _ j _aijggqr md cvrclggmlg dmp msr
A_jj wufgrcjgdQecr sn ufgrcjggr md cvrclggmlg dmp msr
Km>gjc rcjcnf o
sk cp Qc®&_"j+# 40
Rf ¢ Qr fRfgenfsref dc_rspc _jjmug npcgcr ac
rfpmsef rfc bctgac ugrfmsr f_tgle rm cl
bctgac%g msr msl b jglc,
uf cl afcaichb* rfec acjj nfmlc adjsjk ™ cn
Rf pmsef Rp_gl | sk cpdmpcf | b* rfc msremgle jglc md r
gf mul ml rfc rfc mrfcp I'sk cp msr > mslb ufcl gr fc_p
_gq bg_j (11 1, Ufcl slafcaicb* wms lccb rm bg_j (11 d
bctgmegggbc jglc _Ib fc_p rfc bg_j rom
Il sk cp,
Lmrc8 (11 ggq rfec bcd_sjr dsl ar gml ? lmtmblcg
Qcrrgleq < Dslacgml Ambc
The device can transfer incoming calls to a specified phone or voice mailbox. The
default is off.
All Incoming Calls to Another Handset : The device transfers all incoming calls
from an extension to a specified handset. This function cannot be set for the
switchboard operator extension.
A rp_lqdecy Transfer .to another phone wher.1 unable to answ§r :_When the extensior.1-is busy
or there is no answer, the device transfers the incoming call to the specified
phone.
Transfer to another phone when busy : When the extension is busy (occupied),
the device transfers the incoming call to the specified phone.
Transfer to another phone when there is no answer : When the extension does
not answer, the device transfers the incoming call to the specified phone.
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Gr ck Bcdgl gr gml
. All Calls to Voicemail : the device transfers all incoming calls from an extension
to voicemail. For voice mail related settings, please refer to 02.6.2 Messages.
. Transfer to voice mail in case of busy/no answer : When the extension is not

answering or occupied, the device transfers the incoming call to voice mail.

Note: You can set the ringing time before no -answer transfer in
Advanced >System >Number of Rings to Trigger No - Answer Transfer .

A_jjcy _pagl eemQcjcargml md amjmp pglermlcg dmp cvrcl qg
&AP @R' pglerml,c dgjcq

Pcbsaltdhegr bg_jgle _jjmug sqgcpqg rm+pecmj+]
bgegr Il sk cpg* npmtgbg#repckcamlcipc lbgcljrg*l e

Gl beclr_rgml Hcv_knjc* sqgle 0. _q rfc _ ' pctg_rcb ambg
epmsn k _igle _ a_bjjbgeRcrbshagc j gl e epmsn aml grdNd md
Lsk>cp &cl e01®/.6543" * rfc p_lec md rfc ¢

k_vgksk md 1. epmsng a_Il "¢ amldgespchb

Rfc bctgac _srmk_rga_jjw a_jjg rfc fmrjg
. Off: Turns off the Hotline function.

. Immediately : The device automatically dials a pre -set hotline number
immediately after taking off the phone.

Fmrjglec . Delay: If the user does not dial the number within a certain period of time after
taking off the machine, the device will automatically call the hotline number. The
delay time defaults to 5 seconds.
Rf c MK%gq wuc’ gl rcpd_ac a_l ml jw qcr sn
Fmrjglc dslargmlg dmp GN cvrclggmlg | cchb
Rf c bctgac rp_l qdcpg gl amkgl e a_jijag F+
npmep_kkcb _l qucpgle rcpkgl _j _r rfc q _|
cvrclggml I sk cp mp cvrcpl _j I sk cp* cra
Lmr cq8
. When Do Not Disturb, Unconditional Call Forwarding, and Secretarial Extension
Orgksjsq | sk} are turned on, Simultaneous Oscillation does not take effect.

. If an incoming call is on hold, co - oscillation does not take effect.

. Co-oscillation to external terminals via an analog external line, which needs to
support reverse polarity signals. If the external line does not provide a reverse
polarity signal, the unit will ring the extension first, with a no answer timeout
before send ing the incoming call to the external terminal.

Sqcpgqg a_Il dgjj gl rfc I'sk> cpqg rfcw bml %r

Pchcarchb a_jj- S4w rmbe _jepr rm rfc a_jjcp, Gd wms
rfck ugrf o

Lmrc8 Cvrclggmlg a_I a_jj Il sk cpg gl rfg
@w rwgl e _| cvrcl qggml rm _ qgcapcr_pg_j
pmsrcb rm rfc qcapcr _pg_j cvrclggml _1b

Wms a_ | ?rem gan r g ml Qcpt gafcgxiQcrafpcr gpawpecm
Qeapcr_pg_J dyccbebs

. Outside calls from this deviceto  Secretary: Forward outside calls from this device
to the Secretary's phone.
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Gr c k

Bcdgl gr gml

. Incoming Calls from this facility's extension to Secretary: Forward calls from this

facility's extension to the Secretary's phone.

. Incoming Calls from Other Sites to Secretary (Group Network) : Forwards all calls

(both extensions and outside lines) from other devices in a multi - point group

network to the secretary's phone.

Wms a _ | rspl rfc qcapcr _pw dsl ar gml ml - m

?bbpcgqcqg uf ¢

GN _srfclrga |

Qcr rfc GN _bbpcqgg ufecl sqgle GN _srfclr

Kml gr mp

Md88q_"jcqg rfggq
Ej m ?2jjj8muqg rfgq
G+e p msnh j 2j8j mufqgg q
cvrcl ggml
Lmrc8 Gd md r fc
cl _"jcb* jgqrclagle

cvrclggml dpmk

rm

jggrclgle
jagqrcl rm a_|
rmbjcqg rpa IR ¢rf mMmurq
rm a_jjq dpmk _lw cv
cvrcl ggml g
ugjj | mr

cvrcl ggml
cvrcl ggml
rm jgqrcl

ml ¢ mil "mr f g

r _ic cddcar,

Dnpac gl qgqcprg

MDDN8pmf g grq rfagq
Ej m ?2jjj8mug rfgqgq cvrcl qgml
dmpk _+nk sjrrewmg a_j j ,
Gtepmsn Mljjm8 r fggq
cvrcl ggml r m+nd_npprkw _a _kjsjj,r g
Gd mlc md rfec
ml *

cvrclggml dpmk dmpagl e

rm dmpac a_jij

cvrcl ggml rm

donepna _cp r &kl ey

L mr c8 mil

| mr

cvrclggml g cgr fcj

rsplch grpmle njseegle bmcaqg r_ic

QP RSNG N

ml j w'

cvreclag

Af cai rm cl _"jc rfc QPRN dsl ar gml,

A_jjcp GB

Ugr f
a_jjgle
gq | mr

A_jjcp GB
Il sk~ cp
rsplch

rsplecb ml*

gq
ml *

uf cl | msr qghb

bggnj _wcb ml rfc cvrecl

gr gq | mr bggnj _wchb,

A_jjcp GB ml

Rfc ¢
a_jj amkcq

vrcl qgml
gl

rsplqg ml
bspgl e

A_j
r fc

U_grgle*
a_jij.,

uf g

Npmf g grgml 7

gs qrgrsrgml

Uf cl |
_lqucp
a_jijaqg
Lmrc8

gl amkgl e mil | cvrcl ggml g
Rg

_lquec

a_j |
“cf _jd md
cvrcl ggml

mil r fc

rfaggqg
dsl ar g ml
ugrfmsr _pbgrgml _j

gr cvrcl qgml,
rm
Rf c

c sqgch

dpmk “cgl e

md amllcargle mrfcp ¢

gcrrgleq

u_gragle

Rfc sqgcp
f_q rfpcec

. lgnore new calls: continue the current call without doing anything. After a certain

ugjj fc_p ccn
mnr gml g8

uf cl rfcpc ggq

period of time, the "beep" will disappear automatically.

. Answer a new call: Press ** on the handset to put the current call on hold (the
other party listens to waiting music) and answer the new call.

. Toggle Caller: Press ** to put the current call on hold and continue the call with
the previously hung-up party.

Lmrc8 @cdmpc sqggl e r fAgq j dgégmirdsppcl *c bk _nilc, qs

A_jj fmjhb

Wms a _| rfc rm nsr rfc

Ib

n_saqc asppclr a_jij

k _ic l cu a_j|j ugrfmsr f _| egle sn,

A_jjcb rp_1laqg

Rf c
cvrclggmtfc a

asppclr a_jj a_l “c¢c dmpu_pbch

Dmp

rm mr f
gl amkgl e a_

_jjcb mlc,

Bmaskclr

Tcpggml

/| OAmnwpgéfcu Pmai Rcafl mjmegcq* Gla 77

Dc_rspcq



MKO .*MK3 .*MK®6 .*"0MK6 .42 *MKO0O . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq

Gr ck Bcdgl gr gml

rcjcnfmlc* rfgg cvrcl BgmigdcphbMgntog Eetc

. Blind transfer: The current call is transferred directly to a third party (other
internal extensions only), and the number of the transferred party (original caller)
is displayed on the third party's phone.

. Consultation Transfer: A third party (be it an internal extension or an external
phone) is dialed and a call is established, then the call is transferred and the third
party displays the number of the intermediary transferor.

Note: Before using the transfer function, make sure that the call 5 call hold is turned

on.
Rfgg cvrcl ggml a_| rp_lgqdcp rfc asppeclr
uf cl gr gq _argle _qgq _ a_jjecp, Dmp gl an

rcjecnfmlc* rfggqg cvrclBgmligdcpe bgntag Eettc
A_jj dmpu_pbg. Blindtuns: asabove
. Advisory referral: ibid.

Lmr c@ dmpc sqgl e rfec A_jj Dmpu_Abijgj] e*FRAchj
Dmpu_pdbaglrespl cb ml,

Rp_l gdcp rm
jglc

Qcc R_H Ac O

Pcampb c¢c_af a_jj gl grqg clrgpcrw,
Qms | b pcampbngrcs Rfc pc_jgx_rgml md rfgq dsl ar gml
bctgac ggqg rsplcb m* _|I b rfc gncagdga.0oqd

Pcampbrfceqncagdga qcrrgleq md pcampbgl e

Rfc bctgac qcjcarq rfc pglegle kcrfmb d
gl amkgle a_jj8

Bggrglargtc - Internal caller: "Drip - drip - drip - drip - drip."

& | _j me cvr cl . Incoming external phone call: "Drip -drip -drip - drip."

. Incoming call from a reduced - digit dialing number: "Drip -drop - drop - drop - drop -
drop -drop -drop"
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nclcrp_rgml dmpacdsjjw glgcprch,
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2.5.2 Making Outbound Calls

Click Basic Settings >Dialing Rule >Outbound to configure outbound rules

Figure 2 - 29 Outbound Rule Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Metwork  Diafing nle  Auto attendant VR Audiofiles  Remote access

International call limitation

Prefix Allowed call duration per day
+ 00 hir min.

Outbound
Do not use the same cutbound prefix as hunt group number, the number to reach the operater, feature access code, analog/1P extension number
or ancther cutbound prefix
Automatic insertion of long distance dialing prefix eg. 17909
Long distance call prefix 0 EI/ The outbound calls dialed with this prefix are identified as long distance call.
Dialing method for ® Dialing without a prefix ) A prefix is required for analog extensions but optional for IP extensions
outbound calls ) Dialing with a prefix

Least cost routing w | Select the IT5P for long distance call.

Hunt group
Do not use the same hunt group number as the number to reach the operator, feature access code, analog/IP extension number or another hunt
group number.
Ring the next available extension in the group after | 15 seconds of ringing

. . Activat ditional call - . .
MNumber Hunting Extensions [EHvERE Uncendimans] &2 Forwarded extension Forward-to extension
forwarding
| = Sequar W EI/ Disable ~

Table 2-20 Outbound call rule parameter description

Item Definition

When an extension user dials an outgoing number, if the number starts with the number configured
here, the device will automatically recognize this outgoing number as an international long - distance

International number and limit the daily outgoing call duration. The number header defaults to 00.

call limitation
Note: When the extension outgoing authority is Prohibited , Intercom , City or Domestic , you cannot

call a number with an international prefix.

Automatic
insertion
| When an extension user makes a long - distance call through an analog outside line, the device will
of lon . '
. g automatically add the number set here as a prefix.
distance
dialing prefix

When an extension user dials an external number that begins with the number configured here, the
device recognizes the external number as a domestic long - distance number.

Long distance Numbers with domestic  long - distance prefixes cannot be called when the extension's outgoing
call authority is Prohibited , Intercom , or City .

prefix Domestic long distance number header defaults to 0. The device supports recognizing the attribution
of cell phone numbers in mainland China. If an extension dials a foreign cell phone without dialing O,
the device will automatically add 0 and then call out
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Item

Definition

Dialing
method for
outbound
calls

. Direct dialing for both external and internal lines: Extension users can directly dial internal
extension numbers and external numbers.

. Outside line direct dialing, internal line plus dialing *: Extension users can directly dial the outside
number, dialing the internal extension need to add *.

. Add prefix to the external line and direct dialing to the internal line: extension users can direct dial
the internal extension number, and add prefix to select the outgoing line when dialing the external
number.

Selection
method

When the device is configured with multiple outgoing lines, you can select the corresponding
outgoing call routing method according to the actual need. The device provides the following six
outbound call routing methods:

. Analog Outside Line Sequential :: By analog outside line outgoing, and according to the analog
outside line number arrangement order set in the Outside Line Input box, the first free line outgoing
is always selected. For example, the numbers filled in the Outbound field are 654321, 654322,
654323, currently 654321 is being used for outgoing calls, at this time another outgoing call will
select 654322 for outgoing calls.

. Analog Outside Line Rotation: By analog outside line outgoing, and according to the analog outside
line number arrangement order set in the Outside Line Input box, take turns to select the free line
to call out. For example, the numbers filled in the Outgoing Line column are 654321, 6543 22,
654323, if the last call is outgoing through 654321, then another outgoing call will select 654322 to
call out (when 654322 is idle), and if 654322 is busy, 654323 will be selected to call out.

. SIP Outside Line Sequential : Outgoing via SIP outside line and always select the first free line to call
out in the order of the SIP outside line number set in the Outside Line Input box. For example, the
numbers 754321, 754322, and 754323 are filled in the Outbound field, and 754321 is curre ntly being
used for outgoing calls, when another outgoing call is made then 754322 will be selected for
outgoing calls.

. SIP Outside Line Rotation: Outgoing via SIP outside line and rotate to select the free line to call out
according to the arrangement order of the SIP outside line number set in the outside line input box.
For example, the numbers 754321, 754322 and 754323 are filled in the Outgoing line fie Id, the last
call is outgoing through 754321, at this time, if there is another outgoing call, 754322 will be
selected for outgoing call (when 754322 is idle), if 754322 is busy, 754323 will be selected for
outgoing call.

Intelligent outbound: local calls are outbound via analog outbound, long - distance calls are
outbound via SIP outbound. The device uses the domestic/international long distance number
header to determine whether the dialed call is a long - distance call. For example, if the domestic
long - distance prefix is 0 and the international long - distance prefix is 00, calls to numbers beginning
with these two digits are outbound via a SIP outbound line, while local calls are outbound via an

analog outbound lin e. When the SIP outside line is not available or a network failure occurs, it will

be called out via an analog outside line.

Note: When all SIP outside lines are occupied, you will hear a voice prompt when dialing long
distance: there is currently no free outgoing line.

Routing: using the routing table to set specific routing rules.

Note: When the line selection method is down/round selection, the OMB8OE/OMS0OE -
A/OM200G/OM200G -A /OM1000 - UC/OM1000 -A-UC can set up to 60 outside line numbers for a
prefix, and the OM50G can set up to 40 outside line numbers.
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Item Definition
Users can select the corresponding line selection method when dialing an outgoing line by using the
outgoing call selection prefix configured here. For example, if the outgoing line selection prefix is set
to 9 and the corresponding line selection method i ssetto SIP outgoing line by -pass, the device selects
SIP outgoing line and calls the other party by by - pass when the user dials 9 before making an outgoing
prefix call.
Note 1: This parameter can be configured only when the outbound dialing method is Outbound Plus
Dialing Prefix and Inbound Direct Dialing
Note 2: The Outgoing Call Pickup Line Prefix cannot conflict with extension numbers, group numbers
of Call Pickup Groups, feature codes and other Outgoing Call Pickup Line Prefix numbers.
After the extension user dials the outgoing call selector prefix, the device provides a secondary dial
Secondary tone to remind the user to dial the other party's number.
dial tone Note: This parameter can be configured only when the outbound dialing method is Outbound plus
dialing prefix and Inbound direct dialing
Set the outgoing trunk group, i.e., select each outgoing line number corresponding to the analog
Trunk outgoing line/SIP outgoing line smooth selection and round selection. Outside numbers can be
selected directly or entered manually, with each number separated by a half comma",".
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2.5.3 Inbound/outbound number filtering

Click Extension Settings >IP table to set the inbound/outbound number filtering rules

applicable to all extensions. For example, if 12345678 is set in Rejected Call Number , the

device will play a busy tone alert when an incoming call comes from this number.

Figure 2 - 30 Number Filtering Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Analcg IP fPiable Group Extension status subscription  Bound incoming call numbers

Disallow cutbound calls for certain prefixes [7]
Unrestricted numbers for outbound call [7]
D EBlocked numbers 1] Blacked numbers
1 2
3 4
5 6
7 8
9 10
1 12
13 14
15 16
17 18
19 20
21 22
23 24
25 26
27 28
29 30

Table 2-21 Parameter Description of Number Filtering Interface

Item Definition
Extension users are prohibited from calling numbers with a prohibited outgoing call
Disallow outbound prefix , and the device will play a busy tone alert when an extension user dials these
calls for certain numbers. Up to 20 prefixes or numbers can be set, separated by half commas ",".
prefixes Note: Numbers in the Unrestricted Outbound Numbers are not subject to this
restriction.
Unrestricted Extension users dialing an unrestricted outbound number will not be subject to any
numbers for restrictions, including outbound privileges and prohibited outbound prefixes.
outbound calls
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Item

Definition

Blocked numbers

When an incoming call from a rejected caller number comes in, the device will play a
busy tone alert to reject this incoming call. Up to 30 rejected call numbers can be set.

Note 1: This function requires an outside line to enable caller ID service.

Note 2: Outbound calls are not affected by this table.

Note 3: The rejected call number configured here applies to all extensions, while the
rejected call number in the extension settings only applies to the corresponding

extension. For more information, please refer to 02.5.1 Basic Functions .

2.5.4 Hunt Group

Assign multiple extensions to an incoming call answering group. When the caller dials the

group number, the device will ring the idle extensions in the group according to the pre

set assignment.

Click Basic Settings > Dialing Rule to configure call answering groups, and click

a new group.

Figure 2 - 31 Call Answer Group Configuration Interface

Status Basic

Extension Trunk Multi-site Application Advanced Security System tool

=to add

Log

MNetwork  Dialing rufe  Auto attendant VR Audiofiles  Remote access

International call limitation

Prefic Allowed call duration per day
+ 00 hr, min.
Outbound
Do not use the same outbound prefix as hunt group number, the number to reach the operater, feature access code, analog/IP extension number
or ancther cutbound prefix.
Automatic insertion of long distance dialing prefix eg. 17909
Leng distance call prefix 0 B The outbound calls dialed with this prefix are identified as long distance call.
Dialing methed for ® Dialing without a prefix ' A prefix is required for analog extensions but optional for IP extensions
outbeund calls ) pialing with 2 prefix
Least cost routing “ | Select the ITSP for long distance call.
Hunt group

Do not use the same hunt group number as the number to reach the operator, feature access code, analog/IP extension number or ancther hunt
group number.

Ring the next available extension in the group after | 15 seconds of ringing

Activate unconditional call
forwarding

Sequer W EI/ Disable ~

Mumber Hunting Extensions Forwarded extension Forward-to extension
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Table 2-22 Parameter description of the call answering group

Item Definition

Ring the next available | |f the extension ringing duration exceeds the value set here when the assignment
extension in the group method of the extension group is  Circular or smooth selection, the next extension is
after XX seconds of rung.

ringing

The number of the call answering group.

Batch number Note: Please avoid conflicts with outgoing call prefixes, transferring switchboard
numbers, extension numbers, feature codes, etc.

When there is more than one extension in the call answering group, you can select
the corresponding distribution method according to the actual need. The device
provides the following 3 types of distribution:

Sequential : Always select the first available extension to answer an incoming call

in the order of the extension numbers set in the Group Extension Numbers box.
For example, the numbers filled in the group extension are 221, 222, and 223, if

221 is currently on a call, the incoming call will select 222 to ring.

Circular : Take turns selecting an idle extension to answer an incoming call in the
order in which the extension numbers set in the Extension Number box of the
group are listed. For example, the number filled in the group extension is 221,

222, 223, the last extension that answered the incoming call is 221, at this time

there is an incoming call will first select 222 ringing (when 222 is idle), if 222 is

busy line, it will select 223 ringing.

Mode of distribution Group vibration : all free extensions in the group ring at the same time, the first

one to pick up the call. A maximum of 60 extensions are allowed to be set up in
OMB8OE/OMB8OE - A/OM200G/OM200G - A/OM1000 -UC/OM1000 -A-UC group
oscillator groups, and a maximum of 40 extensions are allowed to be set up in

OM20G/OM50G group oscillator groups.
Attention:

If the distribution method is  Sequential or Circular , and Call Forwarding is set for
an extension in the group, the device will transfer the incoming call to the target
extension when ringing to this extension, and the incoming call will not be
forwarded back to the other extensions in the group if no one i s available at that
extension to answer the call.

Support extension group call queuing function, queuing for incoming calls will
hear the voice prompt "extension is busy, please wait patiently".

Note: A maximum of 20 incoming calls will be allowed to queue.

Extension number Fill in the extension number within the call answering group.
within a group
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2.5.5 Extension Status Subscription ( OM20G/OM50G/OM1000 -UC/OM1000 -A-
uC)

On the Web interface of the device, you can subscribe to the call status of other
extensions for the supporting NRP1004 and NRP1012 models. After successful
subscription, the current status of the subscribed extension can be indicated by the
function key i ndicator on the phone. The extension subscription indicator corresponds to
the extension status as shown in the following table:

Table 2-23 Extension Subscription Indicator Status Description Table

Cvrcl ggml Gl bga_rmp qr _r sq

Jcggqspc rgljgr, rfc epccl jgefr gr_wg ml dmpctc
@cjj pglec|pcb jgefr dj_qfgle
Bspgl e

jgr, rfc pcb jgefr gr_wq ml dmpctcp
amltcpqg_rg

Cvrcl ggml ) )
) jgr, rfc pcb jgefr gr_wq ml dmpctcp
ml jglc

The configuration steps are as follows:

Step 1 Go to Extension Settings >Extension Status Subscription and click Add to add
status subscription information.

Step 2 Select the extension for which subscription information is configured.

Figure 2 - 32 Extension Status Subscription Screen

Select an extension

®30000 Ceo1

Step 3 Select the model of the current extension.

Select the model that matches the actual phone, otherwise the function key
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configuration will not take effect. The NRP1004 and NRP1012 have 4 and 8 LED
keys, respectively, which can be used to display the status of other extensions.

Figure 2 - 33 Selecting an Extension Model

Select an extension X
Extension
model ® NRP1004 NRP1012

1 [\

S

J. N |
o T e

Step 4 Select the extension number to which you want to subscribe from the drop -down
list of function keys.

Figure 2 - 34 Subscription Extension

Select an extension X

Extension

model NRP1004 ® NRP1012

200
201
202
203
204
205
> 206
J 1 207
208

209
213
| 214
1 215
216
217

219
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Step 5 Save the settings.

After the configuration is complete, you can view, change, or delete the subscription
information for the current extension on the Extension Status Subscription page of the
device.

Figure 2 - 35 Extension Status Subscription Main Screen

+ Add

Extension BLF
Extension model Delete
number 1 2 3 a (3 6 7 8

When the phone's subscription cycle arrives or after rebooting the phone, the phone will
automatically download the subscription configuration from the device. If the phone has

not yet been registered as an extension of OM, connect the phone to the device and
power it up, then fill in the authorization code of the corresponding extension in the PIN

code input box. When the download is complete and the phone reboots, the phone's
function key indicator lights up.

Y If the group vibration group has no more than 5 extension members, the extension state in

Noje the group supports being subscribed.

2.5.6 Group Substitution

Extension users within the same department can use the Group Pickup feature to pick
up each other's calls. To realize this feature, you need to configure the department and
its affiliated extensions.

Configure the steps of the department:

Step 1 Click Extension Settings >Department to enter the Department Settings screen
and fill in or change the department name.

Up to 32 departments can be set up.

Step 2 Click Save.
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Figure 2 - 36 Department Configuration Screen

Extension

Angleg 1P IPtable Group Extension status subscripion  Bound incoming call numbers

Group call pickup is available in the same group. A group name can include alphabetic or
numeric characters.

D Group name D Group name

1 2
3 4
5 &
7 8
9 10
1 12
13 14
15 16
17 18
19 20
21 22
23 24
25 26
27 28
29 30
)l 32

Steps for dividing extensions into specific departments:

Step 3 Go to Extension Settings >Analog Extension/IP Extension and click the Setup
button to enter the Extension Function Configuration screen.

Step 4 Select the department to which the current extension is categorized in the
Department drop -down listto save the settings.

Figure 2 - 37 Extension Department Selection Screen

Extension

Analog P IPtable Group Extension status subscription  Bound incoming call numbers

“~_Go back A
Gain to IP | 0.0 dB Adjust the voice volume from the analog extension.

Gain to terminal | -30 dB Adjust the voice volume to the analog extension.

Number 204

Group - “

Display as

2.5.7 Substitute connection

When an extension call goes unanswered, another extension user can answer the call on

behalf of the extension user. The Extension Substitution function is enabled by default
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and can be operated directly on the phone without setting on the device.

2.5.8 Three -way calling

Extension users can invite a third party to join them during a call to realize a three -way
call, or talk to one party while the other party listens to background music and waits, and

can switch between call recipients at any time. Either other party can vo luntarily exit the
three -way call by hanging up without affecting the call with the other party, or can end

the three -way call at any time by hanging up.

Note: With Call Hold on, three -way calling is enabled by default and can be operated
directly on the phone without setting it on the device. For call hold related settings, please
refer to Call Hold for call hold related settings.

2.5.9 Call Parking

An extension user can temporarily put the current call on hold and hang up during a call,
at which time the device will play background music to the other party, and then the
extension user can continue to talk to the other party at other extensions in the system.

Note: With Call Hold on, Call Parking is on by default and can be operated directly on the
phone without setting it on the device. For details on settings related to call hold, please
refer to Call Hold for details on call hold related settings.

2.5.10 DID

Outside lines can be tied to extensions/call answering groups. When an incoming call
comes in, the unit will bypass the automated switchboard and deliver the call directly to

the tied extension/call answering group. Bound outside lines can be set to be ded icated
to the corresponding extension/call answering group, or can be set to be shared with

other extensions/call answering group outbound calls.

The configuration steps are as follows:

Step 1 Click Trunk>Analog Trunk/IP Trunk, select the outside line line that needs to be
bound to a direct line extension/call answering group, and set the access method
to direct line .
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Figure 2 - 28 Linear (DID) Configuration Screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Anatog trunk P tunk

. Polarity
Connection _ Inbsound L DD Caller 1D .
o Port Enabile Nusreibssr er‘f.ll Grewting musnker Dwtbound call ll.nnrdlrbgd - Gain
detection
Uneonrseted 1 + 2o CaD AD0 M. DI el # Prieeity E’
Unconnected LH) o 211 Artendant  Greeting [ = Al cweed - Pricrity =
Advarced

Step 2 Fill in or select the extension number/call answering group number that needs to
be tied to this outside line inthe  Direct Line Number (DID) field.

Step 3 Select the callout mode.
Shared, available for all extensions/call answering group numbers;
DID- specific, available only to bound extensions/call answering groups.

Step 4 Save the settings.
2.5.11 Binding Incoming Call Numbers to an Extension

After binding an external caller's number to an extension, when that number subsequently
dials the switchboard, the device will bypass the welcome message and go directly to the
bound extension.

The extension can be tied to the caller's number by taking off the phone and dialing *66
after hanging up (you can dial *67 to unbind after tying up).

The binding relationship between an incoming call number and an extension can be
viewed and canceled in the  Extension Settings >Incoming Call Binding Numbers table  on
the device interface.

It is also possible to bind or unbind via the Neehau Business Assistant (you need to enable
Neehau in the application services > API interface of your device).

Figure 2 - 39 Call Binding Number Table Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Analog P IPtable Group Extension status subscription  Bound incoming call numbers

URL for acquiring/storage @ | /tmp/bind

[ Select all Incoming call number Extension number Unbind |

No data
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Table 2-24 Parameter Description of Caller Binding Number Form

Item Definition

The path where the device stores the binding relationship. The default path is

URL for /tmp/bind.ini, which can be modified.

acquiring/storage ) . ) ) o .
Note: This path is not shown when  Neehau is turned on in Application Services >API.

Batch unbinding of nhumbers.

Batch unbinding Note: This button is not displayed when Neehau is turned on in Application
Services >API, and can only be unbound by Neehau or the phone.

Search Query number, support fuzzy query.
Incoming call Displays the phone number tied to the extension.
number Note: The interface is display only and cannot be configured.

Displays the extension number to which the caller ID is bound.
Extension number
Note: The interface is display only and cannot be configured.

Individual unbinding of numbers.

Unbind Note: When Neehau is turned on, you can only unbind the relationship through Neehau
or the phone.
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2.5.12 Function Codes

Click Advanced >Feature Codes to query or customize the phone feature codes. Click @to

view detailed help information for each function code.

Figure 2 - 40 Function Code Configuration Interface

Advanced

Call blacklist/whitelist Systemn  Cert  Feafure access codes Routing Dialng Tone SIP DTMF  Call record

Do not use the same number as hunt group number, the number to reach the operator, analog/IP extension number or anather feature access code. ~
System @
Obtain IP address ## Set up IP address *a0
Set up extension number *06 Obtain extension number #00
Voice prompt recording @
Record *B1 Audit *82
Save *B3
Operationig)
Call park *30 Call park retrieval #30
Any call pickup *51 Attendant call pickup =50
Directed call pickup *55 Group call pickup 55
Calling with PIN *33 Blind transfer *38
Three-way calling 79 Silent monitoring 34
Speed dial = On-demand recording #
Automatic callback busy *31 Barge *39
General festure voice menu g) | *39 Listen to voice messages *08
Bind incoming call *56 Unbind incoming call 67
| SRy 22 AN D 25
Toll breakdown Insert voice *70
Feature activation @
Call forking *75 Assistant *35
Authorization with PIN =7 Block from being picked up 73 v

Feature codes cannot conflict with extension numbers, group numbers of call answering
groups, transferring switchboard numbers, outgoing call selector prefix numbers and other
feature codes.
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2.5.13 TLS Encryption

GN cvrclggmlg gsnnmpr RIJQ clapwnrgml *

igqrclgle nmprgq,

sqcpq

Qr cnMI/ r@wr cl qgg ml Qcrrgleg_exc*GNj Bureglgggmlr g ml

~

srr ml,

Figure 2 -41 IP Extension Setting Interface

Extension frun i-site

Analcg /P IPtable Group Exension status subscripion  Bound incoming call numbers

To ensure account security, it is rec. ded to set the p i to maore than 8 digits and use a combination of letters and numbers. Include special symbols in password will increase the

ekt
Do not use the same extension number as hunt group number, the number to reach t
Under the current security level | a registrar server from internet will be rejected if the pa

r, feature access code, analog extension number or another IP extension number.
is the zame as the extenzion number.

=+ IP chone || 4 Quick Addition || 4 Batch adding || & Batch configuration || Wlf Delete | B2 Registrar OPTIONS

| ] D Enable RecordingOnline status MNumber*  Password * & PIN * @& Display as Group  call ictil CPN Op
O 1 Fl Fl @ Online 30000 sesene Tensae Domestic | R e}
O 2 # ) Disable:r @ Online a0 anaee Domestic o [o]

Qrcrml0O rfesnnmmrcrrglegq n_ec* afcai rfc RJQ mnr gml

Figure 2 -42 TLS Settings Screen

Extension

Analog AP IPtable Group Extension status subscripion  Bound incoming call numbers

4 _Go back

SIP listening port ) Same as SIP trunk ® User defined | 5060 | (Range: 1 - 9999)

Min. registration axpiration B00 s. Applicable for the IP extensions connected to a
public network or the same private network with device.

Min. registration expiration(MAT - )

applied to the IP extension] 40 s (Range: 30 - 85535}

Realm newrocktech Used for IP extension registration certification.

Response to INVITE with failed @ Send 403

authentication e
Sendlng_OPTIONS request to .D'lsable V.

SIF terminal

Invitation codes expire in 30 Minute

TS O

Save
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2.6.1 Recordings

OM supports G.711 and G.729 recordings. The OM20G/OM50G has both remote
recording and local recording, while the OMB80OE/OMS80E - AJOM200G/OM200G -A
/OM1000 - UC/OM1000 -A-UC only supports remote recording.

Remote Storage

The remote storage method is to store the recording files generated by the device in real

time on a pre -deployed external recording server. The recording server is installed with

the Newrock "Full Record" recording agent software or the Newrock recording
management system.

The configuration steps are as follows:

Step 1 Click Application >Recordings/Messages and select Remote Storage .

Figure 2 - 43 Remote Storage Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Pagingrule Fax Media APl Recording/VM Callbaring Storage Manager/assistant Duty schedule  Alservice  Alarm notification Remote support  MNewlync  Networking server

Recording/Voice mail

O Disable O Internal USE flash drive ® Remote storage
Storage mode @ = ) ) . ) o
() Remote recording/Local voice mail (Local recording upon network failure)
Please input as “IP address/Name: Port number” 92 168.56.231311 ar
Recording server ) lease input as address/Mame: Port number” . eg. 192.168.56.23:1311 o
record schu.com:1311
Please input as TP address/Name: Port number™ 92 168.56.231311 or
Backup recording server @ lease input as IP address/Mame: Port number” _ =g 192 168.5 11 o
record sohu.com:1311
Secure code to copy recordings | 635226

Voicemail email settings

Qutgoing email server e.g. 192.16845.32 or smip.schu.com
Sender It is recommended to use a public email address
Password

MNote: Change the email address of receiving recording in Analog extension  IP extension

Step 2 Fill in the IP address and port number of the recording server (default is 1311),
e.g. 192.168.10.1:1311.

Step 3 Fill in the IP address and port number of the backup recording server (default is
1311), e.g. 192.168.10.1:1311.

Step 4 Save the settings.

Step 5 Go to Trunk >Analog Trunk/IP Trunk, select the extension that you need to enable
the recording function, and click the  Set button.

Step 6 Check the Recording in the Extension function.
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Figure 2 - 44 Extension Recording Configuration Interfacel

Status Basic Extension Trunk Multi-site Applicati Ad d S ity System tool Log

Anglcg TP IPtable Group Extension status subscription  Bound incoming call numibers

Call whitelist Mone ~ A

Mobile phone @

Authorization with *33 @ ]
Color ringback tone - v [
Call forward Disable ~

Speed dial groups @

Call forking
| Blocked numbers You can fill in up to 20 blocked numbers, separated by comma " | |
Assiztant
IP address for IP trusted authentication
Registration [P 192.168.190.4:5062 You can fill in up to 5 registration IR separated by vertical line | .
P 600 e il uta il nwaiianion eR o eapmraind|yrestical e
r
Silent monitoring Disable ~
Barge Disable v
SRTP ]
Caller ID delivery Caller ID with call waiting [ Block from being picked up Call waiting
Call hold Call transfer by called party B e e e O Call transfer to outside
Block from being silently
[ Call blocking/restriction O Subscribe MWI ]
monitored
0 Blockfrom being barged-in (] Satisfaction survey
Allow extension to configure
0 On-demand recording O Do not disturk Call forwarding Call forking
v

View the feature access codes

Step 7 Click Save.

For Definition on managing recording files on the recording server, refer to the
All Recording Agent Software User's Guide

Remote recording/local message (and local saving of disconnected recordings)

Remote Recording/Local Message is to save remote recording/local message (and local
save disconnected recording) on remote recording server/backup recording server. The
recording server is installed with the Newrock "Full Record" recording agent software or
the Newrock recording management system.

The configuration steps are as follows:

Step 1 Click Application Services >Recording/Message and select Remote
Recording/Local Message (and Local Save Disconnected Recording)

Step 2 Fill in the IP address and port number of the recording server (default is 1311),
e.g. 192.168.10.1:1311.

Step 3 Fill in the IP address and port number of the backup recording server (default is
1311), such as: 192.168.10.1:1311.
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Figure 2 - 45 Remote Recording/Local Message Configuration Interface

Application

Pagingrule Fax Media APl Recording/VM Call barring Storage Manager/assistant Duty schedule Al service  Alarm notification  Remmote support  MNewlync  Networking server

Recording/Voice mail

. P O Disable O Internal USB flash drive ® Remote storage
torage mode
) Remote recarding/Local vaice mail (Local recording upon netwark failurs)

Recording server @ Please input as "IP address/Mame: Port number” . e.g. 192.168.56.23:1311 or
record.sohu.com:1311
Sackup recording server @ Please input as "IP address/Mame: Port number™ . e.g. 192.168.56.23:1311 or
record sohu.com:1311

Secure code to copy recordings | 635226

Voicemail email settings

Outgoing email server e.g. 192.168.45.32 or smtp.schu.com
Sender It is recommended to use a public email address
Password

Mote: Change the email address of receiving recording in Analog extension  |P extension

Step 4 Save the settings.

Step 5 Go to Extension Settings >Analog /IP , select the extension that you need to enable
the recording function, and click the  Set button.

Step 6 Check Recording in the extension function.

Figure 2 - 46 Extension Recording Configuration Screen 2

Extension

Analog P IPtable Group Extension status subscription  Bound incoming call numbers

Call restriction Domestic '

Call blacklist “Nens ~

Call whitslist ‘MNeone ~v

PIN @
Authorization with PIN O

Email

Mabile phone @

Authorization with *33 @ O
Call forward Disable A
Color ingback tone = v | ww

Speed dial groups @

Hot line Disable ~ | Number

Call forking

Blocked numbers You can fill in up to 20 blocked numbers, separated by comma 7 .
Assistant

Silent menitoring Disable '

Barge Disable ~

Caller ID delivery Caller ID with call waiting [ Block from being picked up O Call waiting

Call hold Call transfer by called party Call transfer by calling party O Call transfer to cutside

Recording [ Distinctive ringing [0 Call blocking/restriction [0 Polarity reversal signal sending

[ Block from being silently monitored (0 Block from being barged-in O Satisfaction survey

Allow extension to configure

[ On-demand recording [ Do not disturb Call forwarding Call forking

View the feature access codes
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Local recording (OM20G/OM50G)

Local recording is to save the recording file locally on the device, including the device's

built -in storage or with a USB external storage device. The default storage space
allocated for recording files in the built  -in storage is 10240MB, the value can be  found in
Storage Management >Built - in Storage in Storage Management > Built - in Storage.

Note: Local recording files can also be backed up to a recording server, you need to enable
backup to recording server . For specific configuration on the recording server, see the All
Recording Agent Software User's Guide

Step 1 Enter the OM configuration interface and set the exact time in the System Tools >
System Time interface. For specific settings, see 02.9.6 System time .

Note: Recording files are stored according to date and time, be sure to set the time
correctly.

Step 2 In Application Services > Recording/Message , select Internal Storage or External
USB Device as required. If an external USB device is selected, connect the USB
storage device first.

Step 3 If the SIP server or IP Phones have Mute Suppression enabled, you must check
Retain Original Recordings

Step 4 Check Backup to Recording Serverto  back up local recording files to the recording
server.

Step 5 Select the insufficient space treatment.

Cyclic Recording: Delete the recording files of the oldest day when the available
storage capacity is lower than 500MB, or delete the earliest 100 recording files if
there is only one day of recording.

Stop Recording: Stop recording when the storage capacity is full.

Figure 2 - 47 Built -in Storage Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Pagingrule Fax Media APl Recording/VM Call baring Storage Manager/assistant Duty schedule Al service Alarm notification  Remote support  Newlync  Networking server

Recording/Voice mail

2 Dizable ® Irternal USE flash drive ! Remote storage

Storage mode @
) Remote recording/Local voice mail (Local recording upon network failure)
Keep the criginal files
Recording storage status px
- SR LI LI 10.0 GE available in total 10.0 GB
rsufficient storage operstion @) ® Recording priority ) Retention priority

Back up to recording server

Securs code to copy racordings | 635226

Step 6 Save the settings.
Step 7 Go to Extension Settings >Analog Extension/IP Extension , select the extension
that you need to enable the recording function, and click the Set button.
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Step 8 Check the Recording in the Extension function.

Figure 2 - 48 Extension Recording Configuration Interface3

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Analog P IPtable Group Extension status subscription  Bound incoming call numbers

Call restriction Domestic ~

A
Call blacklist Mone ~
Call whitelist MNone ~
PIN [« =]
Authorization with PIN (]
Email
Mabile phone @
Authorization with *33 @ ]
Call forward Dizable ~
Color ringback tone - | W
Speed dial groups @
Hot line Disable ~ MNumber
Call forking
Blocked numbers You can fill in up to 20 blocked numbers, separated by comma
Assistant
Silent monitoring Disable A
Barge Disable v
Caller ID delivery Caller ID with call waiting [ Block fram being picked up [ Call waiting
Call hold Call transfer by called party Call transfer by calling party O Call transfer to outside
[ Distinctive ringing [ Call blocking/restriction [ Polarity reversal signal sending
[ Black fram being silently monitored [ Black from being barged-in [ Satisfaction survey
Allow extension to configure
[J On-demand recoerding [ Do not disturb Call forwarding Call forking
v

View the feature access codes

Step 9 Save the settings.
Managing audio files

Table 2-25 Managing audio files

Caller_Called_Year_Month_Day_Hour_Minute_Second_Random_Code_cg.wav
Caller_Called_Year_Month_Day_Hour_Minute_Second_Random_Code_cd.wav
cg.wav is the recording file generated by the extension as the calling party
File format cd.wav is the recording file generated by the extension as the called party

For example: 200_80001_20121130_180028_a00a_cg.wav, represents the recording
file generated on November 30, 2012 at 18:00:28 when extension 200 called
number 80001.

InApplication Services >Storage Management , get the access path and then open
that access path in a browser to view the recording files, built -in storage for builtin
and external storage for usb. Recording files are stored in paths such as

/Recorder/20140930, where 20140930 is a folder named after the month and year;

View recorded

files N .
If the recording file is stored in external storage, you can also remove the storage

device from the OM and connect it to the USB port of the computer to view the
recording file. Recording files are stored in paths such as G: \Recorder 120140930,
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where 20140930 is a folder named after the month and year.

Listen to recorded

Two ways to listen to audio files:

listen to the recording;

Follow the recording file view method to locate the recording file, download and

files
Using the companion Business Assistant software, listen to the recording on the
Business Assistant Call Log screen.
. Built -in storage:
Click Backup under Application Services > Storage Management to backup all the
recording folders Recorder in the built - in storage to the root directory of the external
Backup and clear USB device.
recorded files Click Clean up after backup to delete the recording files from the built -in storage.

. External Storage:

cleanup.

Remove the USB storage device and connect it to a computer for backup and

2.6.2 Messages

After turning on the message function, when the extension user cannot answer the

incoming call, the other party can leave a voice message after the voice prompt.

Step 1 Tap Application Services >Recording to enable the recording function.

For details,

please refer to 02.6.1 Recordings . The location where the message file is stored is

related to the recording, i.e. if the recording method is selected as internal storage,

the message file will also be stored in the internal storage.

Step 2 Click Extension Settings>Analog Extension/IP Extension>Setup

to select Call

Forwarding Method as All Incoming Calls to Voice Message  or Busy/No Answer to

Voice Message .
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Figure 2 - 49 Message Configuration Interface

Extension

Analog P IPtable Group Extension status subscription  Bound incoming call numbers

Uispray e

Call restriction Domestic W a
Call blacklist “Hene ~

Call whitelist “HMene [

PIN @

Authorization with PIN ]

Email

Mabile phone @

Authorization with *33 @ ]}

Call forward Disable v

Color ringback tona Call

Speed dial groups @
CEA (phone)

Hat line Mumber

Call forking CFB/CFNA (phone)

Blocked numbers You can fill in up to 20 blocked numbers, separated by comma 7 .
CFB{phone)

Assistant

. L CFNA(phone)

Silent monitoring

Barge CFA {voicemail)

Caller ID delivery . [ Block from being pickad up O Call waiting
CFB/CFNA (voicemail)

Call held 2 Call transfer by calling party [ Call transfer to outside

Recording [ Distinctive ringing [ Call blocking/restriction [ Polarity reversal signal sending

[] Block from being silently monitored [ Block from being barged-in [ Satisfaction survey

Allow extension to configure
[ On-demand recording [ Do not disturb Call forwarding Call forking

Save

Step 3 Save the settings.

When the recording method is remote storage, the message file can be sent to the
extension user's mailbox. Configure it as follows:

Step 1 Select the recording method as Remote Storage , configure the Recording
Server/Backup Recording Server address and port number, and configure the
voice message email sending server.

Application

Pagingrule Fax Media APl Recording/VM Callbarring Storage Manager/assistant Duty schedule  Alservice  Alarm notification  Remotesupport  MNewlync  Networking server

Recording/Voice mail

) Disable O Internal USE flash drive ® Remote storage
Storage mode @

) Remote recording/Local voice mail (Local recording upon network failure)
Recording server § Please input as  "IP address/Mame: Port number” . eg. 192.168.56.23:1311 or
record sohu.com:1311
Backup recording server @ Please input as “IP address/Mame: Port number” . e.g. 192.168.56.23:1311 or
record sohu.com:1311

Secure cods to copy recordings | 635226

Voicemail email settings

Outgoing email server eg 19216845 32 or smtp sohu.com
Sender It is recommended 1o use a public email address
Password

Mote: Change the email address of receiving recording in Analog extension  IP extension

Save
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Table 2-26 Parameter description of voice message sending server

Item

Definition

Outgoing email

server

Fill in the address of the mail delivery server. The device supports Sina and Sohu
mailboxes.

Sender's email

Fill in the sender's e - mail address.

Password

Fill in the sender email password.

Step 2 Save the settings.

Step 3 Go to Extension Settings >Analog Extension/IP Extension >Settings to configure
the mailbox that will be used as the inbox for receiving voice message files.

Step 4 Save the settings.

Manage Message Files

Table 2-27 Manage Message Files

File format

The name of the voice file for the new message is: vm_called
e.g.: vm_200 -6033432345 -946685192.pcmm. If you press Listen Again, Next, or Listen
to End Message while listening to a new message, the device recognizes this voice file

as listened to and the file name changesto  oldvm_200 -6033432345 -946685192 .pcm.

- caller -random - code.pcm,

Note: When the speech codecis G. 5/ /, the suffix is. pcm; when the speech codec is
G.711 a, the suffix is. pcma; when the codec is G.729, the suffix is .dat; when the codec
is G.722, the suffix is. g722; and when the codec is G.722.2, the suffix is. g722B.

View the
voicemail

message files

In Application Services > Storage Management , get the access path, then open that
access path in a browser to view the message file, built -in storage built in, external

storage ush. Message file storage path such as /Recorder/voicemail;

If the message file is stored in external storage, you can also remove the storage
device from the OM and view the file after connecting it to the computer's USB port.
The path where the message file is stored is such as G:  \Recorder \ voicemail.

Listen to the

voicemail
message

files

Analog Phones: Use the phone function code to listen to messages on an extension.
Take off the phone + *98 to enter the mode of listening to the message, there will be
voice prompts during the listening process:

"You have no voice messages" or "You have n new/old voice messages, press # to
listen to messages; to listen to messages, press 1 to re -listen, 2 to delete, 3 to next".
After listening to each message, there will be a voice prompt: press 1 to listen again,
press 2 to delete, and press 3 for the next message.

IP Phones: To listen to a message on an IP phone, you need to set the memory key
and MWI function key first, and then listen to the message using the function code.
Refer to the NRP Phones User's Manual for specific settings.

Backup and clear

voicemail
message

files

Same Managing Recording Files
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The fax machine can be used by connecting a telephone line directly to the FXS port of
the OM, or it can be used by connecting to the FXS port of a gateway registered to the
OM. When sending a fax, just dial the fax number by calling an outside line.

Click Application Services >Fax to configure faxing.

Figure 2 - 50 Fax Mode Configuration Interface =~ (OM20G/OM50G)

Application

Pagingrule Fax Media APl Recording/VM  Call barming  Storage  Manager/assistant  Duty schedule  Alservice  Alarm notification  Remote support  Mewlync  Networking server

Initial offer

Codec GT11U/20, GT11A/20, G7294/20, G722.2/20, G Modify

RTP port min. 10010 Modi

RTP port max. 10266 Modi
Fax configuration

Transport mode @ O T.38 relay ® G711 pass-through

Allow opposite terminal to switchto T38 [

Figure 2 -51 Fax Mode Configuration Interface (OM80E/OM80OE - A/OM200G/OM200G - A/OM1000 -
UC/OM1000 -A-UC)

Application

Fax Media APl Recording/VM Call barring Storage Manager/assistant Duty schedule  Alarm notification  Newlync  LDAP directory  Nebworking server

Initial offer
Codec GT29A/20, G720, GT11A/Z0 Modify
RTP port min. 10010 Modi
RTP port max. 11034 Madify
Fax configuration
Transport mode @@ ® 138 O am
Max fax rate 9,600 bps
Port for fax transmission ® Use original RTP port O Use a new port
ECM mode [m]
CQutput gain control L] 0 dB
Packet size 30 | ms
Signaling redundancy level 4 ~

Table 2-28 Fax Interface Parameter Description

Item Definition

Set the maximum and minimum values of codec and RTP port, click "Edit" to jump to

the media page for configuration. For more information, please refer to Table 2-42
Initial offer Description of media parameters

Note: When using G.711 Transmissive, you need to select G.711U/20 or G.711A/20
correctly in the codec.
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Item Definition

The device supports two fax modes: T.38 and G.711 pass through.

When fax is received or sent through analog outside line, G.711 transmission mode
should be used; when fax is received or sent through IP outside line, T.38 or G.711
Transport mode o i
transmission mode can be selected according to the mode supported by IP telephony
operatio n platform and the actual need, if the platform supports both modes, T.38

mode, which is more stable in transmission, is recommended to be used.

Select the maximum transmission rate that can be achieved when faxing, 33600bps
for high - speed fax mode.

Max. fax rate

Whether to enable the new RTP port when the device switches to T.38 mode, the

default is to follow the original voice port , it is recommended to use the default
Port for fax configuration.
transmission . Enable New Port: Use the new RTP port;

Follow the original voice port:  Use the original RTP port that was used when the call
was established.

Use the fax error correction mode. The default value is related to the transmission
rate:

, OM20G/OM50G: The default is not on when 14400bps is selected for the maximum
transmission rate, and the default is on when 33600bps is selected;

, OMB0OE/OMSOE - A/OM200G/OM200G -A /OM1000 -UC/OM1000 -A-UC: Not
enabled by default.

ECM mode

Output gain control

(OMBOE/OMB8OE - Sets the amount of increase or decrease in T.38 fax transmission gain. The range of
A/OM200G/OM200G - | valuesis -6 to +6 dB, and the default value is 0 dB. -6 dB indicates 6 dB attenuation;
A/OM1000 - +6 dB indicates 6 dB amplification.

UC/OM1000 -A-UC)

) Sets the T.38 data frame packet interval, selectable from 30 ms or 40 ms, the default
Packet size .
value is 30 ms.

Signaling redundancy Set the number of data redundancy frames in T.38 packets, the value range is 0~6

level frames, the default value is 4 frames.
Image Data Set the number of data redundant frames in T.38 packets, the value range is 0~2
Redundancy level frames, the default value is 1 frame.
Allow opposite After checking, when this device acts as a fax sender and the fax mode is G.711
terminal to passthrough, if the other end initiates a T.38 negotiation request, this device will
switch to T.38 respond to the request and switch to T.38 mode automatically.
Receiving terminal . Send Re-INVITE. Codecs are automatically selected based on the Re  -INVITE
(OMBOE/OMBSOE - o

negotiation results.
A/OM200G/OM200G - o _ )
AJOM1000 - . Transmission: To ensure proper fax functionality, make sure G.711U/20 or

G.711A/20 is selected in the codecs

UC/OM1000 -A-UC)

8

It is recommended to configure a DID line for fax extensions, for more information, please
Note

referto 02.5.10 .
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Networking is the process of connecting multiple devices to each other over an IP network,

thereby realizing short extension dialing and outside line sharing between devices.

There are two options for assigning extension numbers to devices within the network: 1)
unigue extension numbers for the entire network; and 2) independent setting of extension
numbers for each device. The networking configuration and dialing methods of th ese two

number planning schemes differ and are described below.

2.8.1 Unique extension number within the network

With this program, since the extension number is unique in the whole network, extensions

dial each other directly without prefixing each other's extension number.

Deployment requires uniform planning of the extension numbers of all devices in the

network to avoid number conflicts.

This approach is suitable for stacking multiple devices to achieve capacity expansion, or
deploying multiple devices in different geographical areas to achieve small -scale
networking. It is not suitable for large - scale networking between headquarters and

branches under a hierarchical management model.

When configured, the first device in the grouping list is the management site, which is
responsible for obtaining updates from each site and publishing them to each common
site. Each common site only needs to configure the management site and its own

infor mation, so that it can periodically get information about other sites from the
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management site.
See below for detailed configuration  Definition .

Managing the site

Step 1 Go to Network Settings , select Number Unique , and click Save to enter the
configuration page.

Figure 2 - 52 Networking Solution Selection Interface

Multi-site numbering scheme

® Globally assigned O Assigned by site

What is Globally assigned? What is Assigned by site?
Step 2 Enable periodic synchronization of device addresses on the network

Figure 2 - 53 Network Configuration Interface

Globally assigned

Mote:

1 This option is used when the trunks of this device are to be shared with other devices. Please fill in the area code if the trunks are shared.

2 This option is used as the back route when the device is not reachable through tie trunks. Press fill in the pilot number of this device.

3 When you configure the rule, if P2P traversal is enabled on “Basic > Remote access” , you have to input  “Secure access code the least significant 3 octets of MAC address” in  “Device

address” , if dizabled, the IP address or domain name are allowed to input.
4 When multi-site networking is emplemented by P2P traversal, to guarantee the trunks can be shared by other devices,configure the same security authentication code for each device.

Synchronize IP address periodically O Enable ® Disable
Authentication policies ® Trusted IP address O Trusted IP address and port

Secure authentication code

P2P traversal status: Dizabled

+ Add

Device address * E""E""""f"'"’ﬁ"" Share Area { country code Trunk number Status Delete

Mo data

Step 3 Select the security policy. the OM provides two authentication methods.
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Table 2-29 Security Policy Parameters

Item Definition

Authentication site device IP address.

If the IP address of the message sender matches the settings in the network list, it is
Trusted IP address considered to be a trusted device, and the message sent from it is processed.

When other devices in the network are located in the private network, after NAT,
which may result in unfixed ports, this device selects site authentication.

Authentication site IP address and SIP port number.

Trusted IP address Both the IP address and SIP port number of the message sender need to match the
and port settings in the networking list to be considered a trusted device. Otherwise received

messages are ignored.

Step 4 Adding a management site

Click New and enter the management site information.
Figure 2 - 54 Add Site Interface

Status Basic Extension Trunk m Application Advanced Security System tool Log

[ 2

Globally assigned

Mote:

1 This option is used when the trunks of this device are to be shared with other devices. Please fill in the area code if the trunks are shared.

2 This option is used as the back route when the device is not reachable through tie trunks. Press fill in the pilot number of this device.

3 When you configure the rule, if P2P traversal is enabled on  “Basic > Remote access” |, you have to input  "Secure access code the least significant 3 octets of MAC address” in  "Device
address” , if disabled, the IP address or domain name are allowed to input.

4 When multi-site networking is emplemented by P2P traversal, to guarantee the trunks can be shared by other devices,configure the same security authentication code for each device.

Synchronize IP address periodically O Enable ® Disable
Authentication policies ® Trusted IP address O Trusted IP address and port

Secure authentication code

P2P traversal status: Dizabled

+ Add

| Device address * nds:og:hp:eﬁx / Share Area [ country code Trunk number Status Delete |

| | 0 w |

¥ Input  “Secure access
code the least significant 3
octets of MAC address™ for
v

example 654321.A92366
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Table 2-30 Site Add Interface Parameters

Item Definition

Device address Enter the IP addresses and port numbers of the devices participating in the
networking. For example, 202.56.209.63:8888. If you do not enter a port number, the
default port 5060 is used.

The first entry is for the management site, and the management site IP address
must be fixed. Others are common site, if the IP address of the common site is
dynamic, fill in the domain name of the common site device here, and the value is
the same as that of the common site device.

Remote access configuration.

The device address can be configured as a security access code if penetration is
enabled under Basic Settings > Remote Access. The last six digits of the MAC , for
example 996725.3D1727, indicate that networking is done by penetration.

Note: If the device is in the private network and does not open the penetration

function, you need to do port mapping on the front - end router, please refer to the

Remote accessPlease refer to the "Port Mapping Methods" in the following section.
Port Mapping Please refer to the port mapping method below.

Extension Enter a range of extension numbers for the device, e.g., 2/3 means that the extension
prefix/number digits number is a three - digit number beginning with 2.

Note: The extension prefixes of the devices in the network cannot conflict. For
example, if Device A and Device B have prefixes 2/3 and 21/3, respectively, and if
both devices have extension 210, users of Device A cannot dial to Device B's
extension 210, a nd calls dialing 210 are sent to Device A's extension 210.

Share . Checked: The device's outside line is allowed to be used by other devices.

Unchecked: The device's outside line is not allowed to be used by other devices.

Area /Country code Other device extensions dialing directly to a number beginning with this area code
can be called out through this device (this configuration cannot be repeated). For
example, site A fills in the area code 8, allowing its outside line to be shared with
other sites in the network, and other sites can call 861202777 when calling
number 61202777, which is played through site A's outside line, and site A will
automatically remove area code 8 to call 61202777.

Note: Avoid zone number configurations that conflict with other site local number
resources. For example, the area code "021" will conflict with the default dialing
of "0" to call the switchboard at other sites (this conflict only exists when the
dialing r ule at other sites is to add prefixes to outgoing calls).

Trunk number When an extension of another device in the network calls the extension of this device
during a network outage, it can call this device through PSTN by calling "area code
+ the number".

Step 5 Add another site

Click Add to add information about all general site equipment on the net. For a
description of the parameters see  Table 2-30.
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Step 6 Update device address

Step 7 After saving and rebooting. The management site (the first device in the list) will
send the information about the address change of the devices in the network to
the other devices.

b
Note
. Ifthe IP address of the general site is dynamic, the management site needs to be configured
with a fixed IP and the device address of the general site needs to be configured with a
domain name.
. Incorrect DNS can lead to wrong IP address acquisition, it is recommended to disable the
DNS service.
General site

Step 1 Go to Network Settings , select Number Unigue , and click Save to enter the
configuration page

Step 2 Enable periodic synchronization of device addresses on the network
Step 3 Select the security policy.
Step 4 Adding a management site

Click Add and enter the information for the management site on the first line of
the list. Fill in the first line of the configuration consistent with that of the
management site.

Step 5 Add your own information

Click Add and enter information about this device on the second line of the list. Fill
in the configuration consistent with that of the management site.

Step 6 Update device address

After saving the settings, the management site (the first device in the list) will send
information about the change of address of the device in the network to that
device.

2.8.2 Repeatable extension numbers within the network
Avoiding number conflicts by dialing specific prefixes when extensions are dialed to each
other makes it possible to duplicate extension numbers under different sites. This kind of
network can satisfy the demand for hierarchical self - management of equipmen  t numbers

of headquarters and branches, and thus is suitable for the voice network of large and
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medium - sized group organizations.

K I egle rfc qggrec

Select one of the devices in the network as the management site, which uniformly
allocates dialing prefixes and outgoing resources in addition to sending address change
information of any device in the network to other devices in a timely manner. The

follo wing describes the procedure for setting up the network for the management site.

Step 1 Enter the local domain name.

Click Advanced Settings >System, enter the IP address or domain name of this
device at Local Domain Name and click Save.

Figure 2 - 55 Management Site Local Domain Name Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Call blacklist/whitelist Systern Cert  Feature access codes  Routing  Dialing Tore SIP OTMF  Call record  Hot standby

Systemn

[ ]

Domain

Forward no answer ring counts 4

Area/country code

Local area code

Step 2 Select the networking mode.

Click Network Configuration , select Number Repeatable , and click Save.

Figure 2 - 56 Management Site Network Configuration Interface 1

Status Basic Extension Trunk m Application Advanced Security System tool Log

Multi-site numbering scheme

Globally assigned ® Assigned by site

What is Globally assigned?  What is Assigned by site?

Save

Step 3 Select the role of the device in the grouping

Select Manage Sites and click Save.

Bmaskclr Tcpggml [/ OAmnwpgéfcu Pmai Rcafl mj megcqg* Gl a / 1/



MKO .*MK 3 . * MK 6 .*®MK6 .2 *MKO . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq
Figure 2 -57 Select Device Networking Role Interface

Select the role

® Managing site What is a managing site?
O Regular site What is a regular site?
Domain name of the device 123:5090 IMzke the change on the Advanced = System = Domain

Figure 2 - 58 Management Site Configuration Interface 2

;_(‘:E Managing site

Add and update sites

Site status (synchronization record and IP address)
@ The dialing method of multi-site calling

Change prefix of multi-site calling
__E; Managing shared trunk resources

Add and remove the sites which provide trunk sharing

m Change site role

Become a regular site

Step 4 Adding and modifying site information

After clicking the Add and Modify Site Information  link under the Manage Group
Sites point , click Add .

Figure 2 - 59 Management Site Network Configuration Interface 3

Multi-site numbering scheme

System time sync interval 1 v

Authentication policies ® Trusted IP address O Trusted IP address and port
Domain name of the device om.second

Site ID =

Site name Managing site

+ Add || Import || Export

Domain name Site ID Site name Delete

No data
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Table 2-31 Description of the parameters of the network planning interface

Item

Definition

System time sync

Cycles synchronized with normal sites.

interval

. Site IP authentication: only the device IP address needs to be authenticated.
Authentication . Site IP+Port Authentication: The device IP address and SIP port number need to
policies be authenticated.

For more information, see Table 2-29 Security Policy Parameters .

Domain name of the

The IP address or domain name of this device. This can be modified in Advanced

device Settings > System > Local Domain
Fill in the site number of the management site, which is used to identify each other
Site ID when calling between grouped devices. The numbering can be arbitrary, but not
duplicated.
Site name The role of this device in the grouping.
Add

Domain name

Add the common site identity (consistent with the local domain name configured on
the common site), i.e. common site IP + port number. If you do not fill in the port
number, the default port 5060 will be used. When the security policy is "Site Identity

+ Port Authentication", you must ensure that the port value is filled in correctly. Go

to Outbound Settings > SIP Outbound > Registration Options , and you can modify
the SIP portin Local Port .

Fill in the site number of a common site for mutual identification when calling

Site ID

between networked devices. The numbering can be arbitrary, but not duplicated.
Site name The site's role in the grouping. Such as  common sites .
Delete Delete the current site information.

Step 5 Modify the group dialing prefix

Return to the Management Site Configuration screen and set the networking

dialing prefix after clicking the

Modify networking dialing prefix under Networking

dialing method link.
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Figure 2 - 60 Management Site Network Configuration Interface 4

Status Basic Extension Trunk m Application Advanced Security System tool Log

Change prefix of multi-site calling

Intersite dialing prefix (7]

L]

Default route selection prefix

Flexible route selection prefix (7]

Table 2-32 Networking Dialing Prefix Interface Parameter Description

Item Definition

Inter - site dialing Dial to make internal calls between sites. The dial format is: # + Inter - site dialing
prefix prefix + Site ID +Peer extension number.

Default route selection Dial to make external calls. The dial format is: #+ Default route selection prefix

prefix + Called party number.

Flexible route Added when making external calls. The typical format is: #+ Flexible route

selection prefix selection prefix + Site ID + Called party number.

Step 6 Configure the external line sharing method

Return to the Management Site Configuration screen and configure the relevant
information in the Outbound Resources screen after clicking on any of the links
under Management Shared Outbound

Figure 2 - 61 Management Site Network Configuration Interface 5

Status Basic Extension Trunk m Application Advanced Security System tool Log

=+ Add outbound trunks

Site name Destinations Sites with permission Delete |

om.second v
Input the destinations, and sepa v

o s

Table 2-33 Description of Outgoing Resource Interface Parameters

Item Definition

Sites that provide outbound line sharing give outbound lines to devices that are
Site name allowed to share that outbound line according to the default first rule on the Device
Outbound Rules screen.

o The area code of the area where dialing is allowed, with multiple area codes
Destinations

separated by ",".
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Item Definition
Sites with permission Select the stations that can use this outbound resource outbound.

Ecl cp_jJ 4qggrec
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Step 1 Click Advanced Settings > System , enter the local domain name of the common
site and click Save.

Figure 2 - 62 Common Site Local Domain Configuration Interface

Sysbem

Domain ST SR Gl

S
Note

. If the local domain name has already been set, you can skip to "Step 2".

. When networking, you need to report the local domain name and port of the common site
to the management site.

Step 2 Selecting the Networking Mode

Click on Network Settings , select Number Repeatable and then click Save.

Figure 2 - 63 Common Site Networking Configuration Interface 1

Advanced

Systern  Cert.  Feature access codes Routing Dialing Tone SIP DTMF  Call record

Multi-site numbering scheme

) Globally assigned ® Assigned by site

What is Globally assigned?  What is Assigned by site?

Step 3 Select the role of the device in the grouping

After selecting General Site , click Save.
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Figure 2 - 64 Common Site Networking Configuration Interface 2

Advanced

Systern  Cert.  Feature access codes Routing Dialing Tone SIP DTMF  Call record

Select the role

© Managing site What is a managing site?
® Regular site What is a regular site?
Domain name of the device om.second Make the change on the Advanced > System > Domain

Confirm the site identification om.second with the administrator of the network

Step 4 Enter the management site IP address

After clicking the  Configure Management Site IP Addresses link under
Automatically Obtain Networking Information , enter the management site IP
address.

Figure 2 - 65 Common Site Networking Configuration Interface 3

Multi-site

IP address of the managing site

IP address of the managing site

Displays green after a successful connection to the management site.

Figure 2 - 66 Common Site Networking Configuration Interface 4
", Update multi-site configuration

Get the configuration from the managing site

Configure IP address of managing site

0,7 Qwgrck Amldgesp_r gml

2.9.1 Incoming call duty roster

Incoming Call Duty List helps you to answer incoming outgoing calls from different duty

cell phone numbers at different times of the day.

Step 1 Application Services > Duty List, click Add New Duty List.
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Figure 2 - 67 Duty List Screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Pagingrule Fax Media APl Recording/VM Callbaming Storage Manager/assistant Duty schedule Alarm notification  Mewlync  LDAP directory  Metworking server

Mew duty
Duty name
Prefix
Duty time interval Please configure the break time on the switchboard page
Outside lines ”
Pericd Manthly e
Month 1 ~
Date Duty phone type Chwmner MNumber a
1 Phone on duty ~ v
2 Phone on duty e w l
3 Phone on duty e w
4 Phone on duty ~ v
5 Phone on duty e w
B Phone on duty e w
7 Phone on duty e w
8 Phone on duty e w
9 Phone on duty e b v
| =) i

Table 2-34 Description of duty roster parameters

Item Definition

Prefi Used to specify the prefix of the outgoing number that needs to be set on duty to help the
refix
system recognize the matched incoming number.

Set up specific time slots for the duty officer to answer outgoing calls. This setting allows the
Duty period administrator to configure different duty officers or phone numbers for different time periods,
thus automating duty management.

External line | Used to select or enter an outside line with duty requirements.

Periodicity with which the duty roster is in effect: weekly or monthly. To select the week, you
Cyclicality need to check the day of the week under the date, and to select the month date, you need to
fill in the number of the month after the date.

Dates Date used to configure the effective date of the on - call program

Months Used to configure the month in which the on - call program is in effect

Cell Phone: When "Cell Phone" is selected as the duty phone type, it means that the number
of the duty officer to answer the outgoing call is a cell phone number.

Extension: When "Extension" is selected, it means that incoming calls will be answered at the

specified extension number.
Type of duty

call Networking Number: When "Networking Number" is selected, it means that the incoming call

from outside line will be forwarded to the number of other devices in the network with the
device.

Duty number: When "Duty number" is selected, it indicates the dedicated phone number of

the duty officer.
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Item Definition

Prefi Used to specify the prefix of the outgoing number that needs to be set on duty to help the
refix
system recognize the matched incoming number.

Set up specific time slots for the duty officer to answer outgoing calls. This setting allows the
Duty period administrator to configure different duty officers or phone numbers for different time periods,
thus automating duty management.

External line | Used to select or enter an outside line with duty requirements.

Person on Employee or staff member responsible for answering outgoing calls during a specific time
duty period
Duty phone

Phone number to answer an outgoing call during a specified time period

number

Step 1 Configure specific duty schemes > Configure individual time periods. When
configuring a time period that is not a full day, just specify the starting time. See
2.1 Automated Attendant for details

Figure 2 - 68 Automated Attendant Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Network Dialing rule  Awfo attendant VR Audiofiles Remote access

Auto attendant

Time schedule O Customize ® Business hours all O Nen-business hours all
Business hours IVR welcome ~ o w_Audit Add IVR
Mon-Business hours VR offhour ~ o w_Audit Add IVR
Operator
Extension number of the operator [7]
Call distribution ® Sequential O Circular O Simultaneous
Press o to reach the operator
MNumber of rings before voice prompt 5w

First digit timeout After playing greeting for | 1 w | times, transfer to the operator | 24 seconds afterwards if
there is no caller dialing.

Step 2 Save Settings

2.9.2 Built - in storage management

The OM20G/OM50G/OM80E/OMB8OE - A/IOM200G/OM200G -A have 16GB of built -in
storage, and the OM1000 -UC/OM1000 - A-UC ship with a 32GB memory card (starting in

2018).

The OM20G/OM50G's built -in storage is used for storing recordings, messages, logs,

voice files, and more.
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The built -in  memory

UC/OM1000 - A-UC is used to store logs. The data in the built

the device is rebooted.

Go to Application Services > Storage Management

of the

OMB80E/OMS80E

- AJOM200G/OM200G -A/OM1000 -

to manage the built

of OM20G/OM50G. The default space allocation is as follows:

Item Space
Recording 10 GB
log 3GB
voice file 1GB
other s 0.8GB

- in storage is not lost after

-in storage space

If the OM20G/OM50G requires expansion of the storage space, an external storage device

can be connected through the USB port of the device. By clicking

up your recording files to an external storage device and

Before backing up, make sure there is enough space on the external storage device.

Figure 2 - 69 Built -in Storage Management Interface

Status Basic Extension

Trunk Multi-site Application

Advanced

Security System tool

Log

Backup , you can back

clean up the internal storage.

Pagingrule Fax Media APl RecordingVM Cal barring Storage Manager/assistant Dutyschedule  Alarm notfication  Newlync  LDAP directory  Networking server

Internal storage accessing

Access through HTTP

Accessing address

O Enable ® Disable

hittp://192.168.190.119/usby/

Username

Password

Internal USB flash drive

Recording Log

Storage sllocation e TR

Totsl space 30.0GE

Storage status

File system

Tcpggml

Recording

Log

Voice file

System

GB |08 GB

0% Clear

|
10.0 GB available in total 10.0 GB

0% Clear

3.0 GB awvailable in total 3.0 GB

Voice file

Systam

2%

1005 ME available in total 1.0 GB

0%

800 MB available in total 800 MB
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2.9.3 Use of color ringtones

Step 1 Basic Settings >Voice Management , click Upload Ringtone tobrowse andupload the
ringtone voice file. If the uploaded file has the same name as the original file in the
system, the newly uploaded file will overwrite the original file.

The name of the uploaded voice file must be "fring+number”, e.g. fringl, in wav
format, and no more than 1.5MB in size. Voice files are uploaded and stored in the
built -in storage (path is /media/sdal/ann), as long as there is enough space in the
built - in storage, there is no limit to the number of voice files that can be uploaded.

Figure 2 - 70 Color Ringtone File Upload Configuration Interface

Upload color ringback tone

R

1 Fle narmeThe file name cam coram slphabstic numen:
charachers underines and mast stark whith * fimg™ . 2AtbrbuteYou must
use B000HE, 16-bit mored wane or 22050 kHz, 16-bit mano wae files, The

S reaast b best thae 1.5 MB.

The above methods have more requirements for uploading files, therefore, we recommend

you to download the "Wind Sound" software according to the prompts in the voice
management page, and then upload the color ringtone files, at this time, the uploaded files

only need to be one of the formats of MP3, WAV, M4A, WMA, AAC, OGG, AMR, 3GPP. The
operation is shown below, at this point please make sure to open the page with Firefox or
Google Chrome.

Upload color ringback tone

The audio file cannct exceed 90 seconds and the excess part will be

discarded automatically.

Source file Choose File | No file chosen

Applied as @ A new color ringback tone v

Upload

Step 2 Click Extension Settings > Analog Extension (or IP Extension )> Settings to set the
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desired color ringtone for the extension
Click «"¥ to try out the colorful ringtones.
Step 3 Click Save.

Color ringtone voice files can also be used to set up background music, as
detailed in the 02.9.4 Background music .

2.9.4 Background music
Background music is the music that the device plays to the waiting party while the call is
on hold, and all waiting parties hear the same music. The device ships with two built -in
files that can be set as background music, fring2 and New Morning, and users can also

upload their own voice files.

The device's color ringtone voice file and background music voice file can be common,
after uploading the customized voice file, the steps for setting the background music are

as follows:

Step 1 Go to Basic Settings > Voice Management , check the voice files that need to be
set as background music and confirm to save.

Click " » Audition to try the audio.

Click Win the audio file list to delete the corresponding audio file.

2.9.5 Uploading Interpolated Voice

Figure 2 - 71 Background Music Configuration Interface

Upload Insert voice

Eae |

1.File name:The file name can contain alphabetic and numeric
characters,underlines and must start with "inst ann". 2 AttributecYou must
use 8.000kHz, 16-bit mono wav or 22.050 kHz, 16-bit mono wav files. The

size must be less than 1.5 MB.
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In Basic Settings > Voice Management,

upload the Insert Voice button feature. This

function is used to upload the interpolated voice file, click the button to select the file for

uploading, when the file is uploaded, it should meet the following requirements:

1. Dgjc 8 Ksxqgr amlqggqr md jcrrcpg* I sk cpg _Ib slbc
glagr] _1 1
2. Dgjc _r& plkgsgér, cqgc. i+tFgp 0/, 4 3. HwFkml m4, u_t dgj cq,
3. Dgjc8gRxe dgjc ggxc ksgr I mr cvacchb /, 3K@,
?drcp rfc snjm_b gq amknjcrc* wms a_I| sgc rfc glqgcp!

2.9.6 System time

The system time of the device can be obtained by synchronizing with a time server in the

network. The device has a clock function with a battery, which keeps it running when the

device is powered off.

Click System Tools >System Time to configure the time server.

Figure 2 - 72 System Time Configuration Interface

Status Basic Extension Trunk Multi-site

Application

Advanced Security System tool

Change password  Upgrading License Importdata Exportdata Factory resettng TDMcapture Ethereal capture  Sysfem time  Diagnosis using Fing  Voice prompt packages

Time zone

(GMT+08:00) Beijing v

Current time 2025-02-25 11:53:21| (B Time synchronization
System time sync interval 120 min
Primary time server 198.60.22.240
Secondary time server 133.100.9.2
Table 2-35 Description of system time parameters
Item Definition
Time zone Select the time zone according to the region where the device is located.

Current time ]
time.

Displays the current time of the device, and you can click

Clock Calibration to calibrate the
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Item Definition
System time o ) ) ) )
sync The period in minutes for the device to synchronize with the network time server, the
) default is 120 minutes.
interval
Primary time Enter the preferred time server IP address here. There is no default value for this item.
server
Secondary time Enter the alternate time server IP address here. There is no default value for this item.
server

If you cannot synchronize with the time server, you can click the Clock Calibration button to
set the PC's time to the system time.

2.9.7 Encryption

Go to Security > Encryption to open this screen.

Figure 2 - 73 Encryption Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Security Firewall Brute force login prevention  Dynamic defense  Encryption

Encryption
Signal encryption ' Enable ® Disable
RTP encryption Mo encryption (1) ~
T.38 encryption O Enable ® Disable
Object O 1P ext O SIP trunk O Multi-site
Encryption method UDP encrypted (7) ~
Encryption key

SBC

SBC address eg. 201.30.170.38:1020 or softwitch.con:1020

Local port 4660 {Range: 0 - 65535)

Table 2-36 Description of encryption parameters

Item Definition

Signal encryption Enables/disables signaling encryption. Default off.

Select whether to encrypt RTP voice packets, default value 0.
. 0: without encryption

RTP encryption . 1: Encrypt all RTP

. 2: Encrypts RTP packet headers only

. 3: Encryption of RTP loads only
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Item Definition

) Select whether or not to encrypt T.38 fax media stream packets, the default
T38 encryption .
value is not selected.

Select the encrypted object. Encrypted objects are divided into two categories:

Internally: IP extensions and networking. If the device turns on the encryption
function internally, it is necessary for the terminal to support encryption,

Object . . .
otherwise the terminal will not work.

. External: SIP external line. Choose whether to encrypt or not according to the
needs of the SIP server.

Sets the encryption method, the default value is 7. Optional parameters are:

. Encapsulation of signaling and RTP data without encryption using TCP protocol
)

. Encapsulation of signaling and RTP data with encryption using TCP protocol (3)

. Encapsulation of signaling and RTP data with encryption using UDP protocol (6)

. Encapsulation of signaling and RTP data without encryption using the UDP
protocol (7)

. Specialized encryption in conjunction with CWNS softswitch (8)

. Using UDP protocol with RC4 encryption algorithm (10)

Encryption method . Encryption in conjunction with Sentry and polylink products (14)

. Special encryption with 263 softswitch (Word Reverse) (16)

. Special encryption in conjunction with 263 Softswitch (Word Exchange) (17)
. Special encryption (Byte Reverse) in conjunction with 263 softswitch (18)

. Special encryption in conjunction with 263 softswitch (Byte Exchange) (19)

. Special encryption in conjunction with Nanjing Kunshi VOS system (20)

. Special encryption in conjunction with the Beijing Tianzhou communication
system (21)

The encryption method corresponding to different softswitch platforms can be
selected as needed.

Encryption key from the operator or system administrator.

When using the encryption method numbered (2) (3) (6) (7), it is necessary to use

Sbc o . .
it with the Swift - Time SBC product.

Set the IP address and port number of the border proxy server. The address and
port number are separated by ":".

The proxy server address can be in the form of an IP address or in the form of a
domain name, depending on the user's requirements. A complete and valid

SBC address ) I ;
configuration is for example: 201.30.170.38:1020 or softswitch.com:1020.

When using a domain name form of address, you need to configure a domain
name resolution server in the Basic Configuration > Network interface. For
example: 201.30.170.38:1020 or softswitch.com:1020.

The value of the local port on which the device interfaces with the border proxy
Local port server, the default value is 4660. The local port value can be set arbitrarily, but

cannot conflict with other port numbers used by the device, such as 5060.
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Item Definition

When using the Nanjing Kunshi VOS system encryption method numbered (20),

VOS encryption ke
yp y you need to fill in the corresponding user name and password.

VOS encryption key user name, required when the encryption method is "special

User ID . . - .
encryption (20) with Nanjing Kunshi VOS system".

VOS encryption key password is required when the encryption method is

Password . ) . - .
"Special encryption (20) with Nanjing Kunshi VOS system".

2.9.8 Routing Tables

The routing table is used to implement number substitution and route assignment with a

capacity of 500 entries and is executed intop ~ -down order.

Go to Advanced Settings >Routing Table to add routing rules. Specific  Definition are given

below:

Lsk cp amltcpqggml

Figure 2 - 74 Routing Table Configuration Interface of Number Transformation

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

System Cert. Feature access codes Rowting Dialing Tone SIP DTMF  Call record

Configuration area Number transformation Limit the call duration Route Items marked with * are required @
Qutbound call by Called number matched Add prefix
*| Analog trunk v Any ®Specified
+ .
Routing table Change the display mode
Rules
1. Command writing rules:  outside line type called prefix ADD add prefix
This rule is used to add a prefix to a called number that matches the called prefix on an
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outgoing call.

Note: The outside line type is indicated by FXS and FXO, FXS means outgoing via IP

outside line and FXO means outgoing via analog outside line.

Examples:

Analog outbound call, called add prefix 17909

FXO X ADD 17909

Analog outgoing domestic long - distance calls, called add prefix 17909

FXO 0 ADD 17909

Analog outgoing international calls from outside line, called add prefix 17909

FXO FXO ADD 17909

Specific analog outside calls to specific called (e.g., analog outside 1, 2, 3, 4, 6 call out

to called numbers beginning with 9), add prefix 17909

FXO[1-4,6] 9 ADD 17909

IP outbound call, called add prefix 17909

FXS X ADD 17909

IP outbound calls to called numbers starting with 10, add prefix 17909

FXS 10 ADD 17909
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2. Interface Configuration Rules

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Call blacklist/whitelist System Cert Feastureaccess codes Rowting Diging Tone SIP DTMF Call record

Mumber transformation Limit the call duration Route temns marked with * are raquirad
Outbound call by Called number matchad Add prefix
*| Analog trunk ~ Ohny ®Specified
+ -

Add to routing table

Item Definition

Call from Select Analog Outside Line or IP Outside Line, and then tap the plus sign x after
the input box below to specify the specific line.

Called number matching It can be any number, or specify the prefix of the called number.

Add number prefix The prefix entered here will be added before the final called number.

Example: simulate an outgoing call from an outside line by adding the prefix 17909 to the

called.
Configuration method:

Select "Analog Outgoing Line" for the outgoing line, select any number for the called

number, and enter "17909" in the number prefix field.

Click Add to Routing Table.

The final routing rule is generated: FXO X ADD 17909, which appears in the

routing table below.
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Advanced

System Cert. Feature access codes Rowting Dialing Tone SIP DTMF  Call record

Number transformation Limit the call duration Route Items marked with * are required -
Qutbound call by Called number matched Add prefix

¥ Analog trunk v ® Any OSpecified * 17909

Add to routing table|

Routing table Change the display mode

FXO X ADD 17909

Msremgle rgkc jgkagr

Figure 2 - 77 Routing Table Configuration Interface of Call Duration Restriction

Advanced

System Cert. Feature access codes Routing Dialing Tone SIP DTMF  Call record

Number transformation Limit the call duration Route Items marked with * are required =

| Prefix of called number Time duration (Min) |

Add to routing table|

Routing table Change the display mode

1. Command writing rules: FXS Called prefix TIME /Individual call duration limit/total
duration/type/remaining duration (where the remaining duration is the result of the

system calculation and does not need to be configured)

Note: The call duration restriction rule starts with "FXS" regardless of whether the

originating extension is an analog or IP extension.

This rule is used to limit the duration of outgoing calls that match to the called prefix.
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Type: D or M, D for daily and M for monthly
Examples:

Calls to a specified caller (e.g., international calls, i.e., called nhumbers beginning with

5

00), with a limit of 100 minutes per day, unlimited for individual calls
Configuration: FXS 00 TIME 0/100/D
Display: FXS 00 TIME 0/100/D/100

2. Interface Configuration Rules

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Call Hlacklist/whitelist System Cert. Feasture access codes Roufing Disling Tone SIP DTMF  Call record

Number transformation Limit the call duration Route ltems marked with * are required

| Prefix of called numbar Time durstion (Min) |

Add to routing table

Routing table Change the display mode

e Lo

Item Definition

The called number of the call matches this prefix, then the call limits the call duration

Called prefix .

according to the rules.
Time Enter the total duration, for example, if the total call duration for the called number whose
duration call is matched to the prefix is 100 minutes, enter 100.

Example: The total call duration for international calls is limited to 100 minutes.

Configuration method:

Enter "00" for the called prefix and "100" for the call duration.
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Click Add to Routing Table.

The final generated route, FXS 00 TIME 0/100/D, appears in the routing table below.

Advanced

Systemn  Cert. Feature access codes Rowting Dialing Tone SIP DTMF  Call record

MNumber transformation Limit the call duration Route Items marked with * are required =

| Prefix of called number Time duration (Min) |

| *| 00 * 100 |

IAdd to routing table]

Routing table Change the display mode

FXS 00 TIME 0/100/D

Bgpcar gml _j Pmsrgl e

Advanced

Call blackiist/whitelist System Cert Feature accesscodes Rowting Dialing Tone SIP OTMF  Call record

Mumber transformation Limit the call duration Route ltemns marked with * are required
Call from MNumber matched To
*| Analog extension ~ * OCaller ®Callee *| Analog trunk ~
+ Dy ®Specified +

Add to routing table

Routing table Change the display mode

o Lo

1. Command writing rule: FXS Called prefix ROUTE Route destination

This rule is used to specify the routing destination for outgoing calls that match the called

prefix , and this function needs to be used with the outgoing call rule to set the route
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selection method to "Route" mode.

Note: The directional routing rule starts with "FXS" regardless of whether the originating
extension is an analog or IP extension. The routing destination can be FXO (for analog

outbound), IPT (for IP outbound), or IP (for specific IP address).

Examples:

The call is designated to be called (e.g., beginning with 6120) and is sent to the FXO
port in the down -selected manner; when the FXO1 port is busy, the FXO2 port is

selected

FXS 6120 ROUTE FXO1-2

Calls to the designated called (e.g., beginning with 6120) are sent to IP outside lines

1 through 6 in a down - selected manner

FXS 6120 ROUTE /PT 1~6

Calls to a specified callee (e.g., beginning with 6120), delivered to IP address

192.168.2.218

FXS 6120 ROUTE /P 1921682218

2. Interface Configuration Rules

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Call blacklist/whitelist System Cert Feastureaccesscodes Roufing Disling Tone SIP DTMF  Call record

Mumber transformation Limit the call duration Route lterns marked with * are required
Call from MNumber matched To

*| Anslog extension ~ * OCaller ®Callee *| Analog trunk ~

+ Clliny ®Specified +

Add to routing table
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Item Definition

A call originating from a specified extension is indicated by selecting the analog extension or IP
Call from extension first, and then specifying the specific extension by placing a plus sign to the right of
the input box below.

You can match the calling number or the called number. If you select prefix in the input box below

Number
match the specified number, the prefix will be used to match the calling or the called number, and after
matching, you can execute the routing rule.
- Select the outgoing line, analog outgoing, IP outgoing, IP address or POS/Modem pass - through,
o

and you can also click the plus sign to select a specific line.

Example: An analog extension calls a specified called (e.g., beginning with 6120), which

is sent to an IP outside line in accordance with the down - select method.

Configuration method:

Select "Analog Extension" for Call Source, select "Called" and "Assigned Number" for

Number Matching, and enter "6120" in the input box below. "

The final generated route: the FXS 6120 ROUTE IPT, appears in the routing table

below.

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

System Cert Feature access codes Rowting Dialing Tone SIP DTMF  Call record

Number transformation Limit the call duration Route Items marked with * are required

Call from Number matched To
*| Analog extension v * UCaller ®Callee | SIP trunk v
+ Any ®Specified +

£ 6120

Add to routing table|

Routing table Change the display mode

E3cz
2.9.9 Dial Detection and Number Bitmap

The device needs to match the detected DTMF number with the number bit chart during

the call to determine whether the collection is finished to shorten the delivery time.
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Click Advanced Settings >Dial Detection to set rules related to the number bitmap.

Figure 2 - 78 Dialing Rule Configuration Screen

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

System Cert. Feature access codes Routing Diafing Tone SIP DIMF  Call record

Dialing timers
Off-hook timer 15 s (Range: 2 - 60, Default: 15)
Interdigit timer 5 s (Range: 2 - 60, Default: 5)
Complete entry timer 9 2 s (Range: 1 - 10, Default: 2}
Digit map @

01[3-5,7,8hoocao00x
01000000000
02sco0o00000
0[3-9]x00000000¢
120

11[0,2-9]

111xx

123xx

9510500

95 xxx

o ] seren
The Number Bit Chart can define up to 100 rules, each of which is no more than 50
characters long, for a total string length of no more than 4500 characters. The factory
default matching rules cover the rules for the composition of domestic telephone numbe rs
and the function keys used by the device. Users can add new rules as needed. The

following are the basic symbols used in the matching rules and Definition for their use.

Table 2-37 Explanation of the rules of the common numbered digit map

Number plan Definition
If no number is dialed within the time from off - hook to the time specified in this
Off-hook timer parameter, the device will abandon this call and play a busy tone to prompt the

user to hang up. The default is 15 seconds.

Interdigit timer

If the next number key is not dialed within the time from the dialing of the
previous number key to the time set in this parameter, the device will consider
the user's dialing to be finished and call out the dialed number. The default is 5
seconds.

Complete entry timer

Used in conjunction with the "XXXXXXXXXXXXX.T" rule in the numbered bitmap.
The default is 2 seconds.

0-9,* # Match specific DTMF signals (corresponding to the dialing keys on the phone).

Match any one-bit DTMF signal. E.g. "X" can match "1", "2", etc.

Match any number of DTMF numbers. For example, "1." can match any multi -
digit DTMF number starting with "1".
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Number plan

Definition

T

Timeout terminator. For example, "x.T" means that after receiving one or more
numbers, no DTMF signal is received within the specified time, and the
matching is finished.

[]

Matches the DTMF signal set. For example, "[1
2,3,5,7,8,9"

-3, 5, 7-9]" can match any of "1,

XXXXXXXXXXXX.

For numbers up to and including 10 digits, if no new number is received within
the inter -digit non - dialing timeout period, the device ends the collection; for
numbers above 10 digits, if no new number is received within the dialing

completion timeout perio  d, the device ends the collection.

X.#

Receiving any digit number and then receiving "#" immediately ends the receipt
of the number.

[2- 8] xxxxxxxx

Receiving an 8 -digit number starting with any number between 2 and 8 ends
the collection. Used to define local calls.

O2XXXXXXXXX Receiving an 11 -digit number starting with 02 ends the collection. Used to
define long distance calls beginning with 02.

OL3XXXXXXXXX Receiving a 12 - digit number starting with 013 ends the collection. Used to
define long distance cell phone calls that begin with 013.

L3XXXXXXXKX Receiving an 11 -digit number beginning with 13 ends the collection. Used to
define cell phone calls that begin with 13.

11x Receiving a 3 - digit number starting with 11 ends the collection.

9XXXX Receiving a 5 - digit number starting with 9 ends the collection.

2.9.10 Beeps

Goto Advanced Settings >Tones and set tones such as dial tone, busy tone, ringback tone,

etc. by country or customize them.

Figure 2 - 79 Tone Setting Interface

Status

Basic

Extension Trunk Multi-site Application Advanced Security System tool Log

Bmaskclr

Tcpggml

Call blackfistwhitelist  System  Cert. Feature accesscodes Routing Dialing Tome SIP DTMF  Call record

® Predsfined country/Region specific D Customized

Country/Region China v

Dial tone 450/0
Second dial tone 200/0
Stutter disl tone 450/100,0/100,450/100,0/100,450/100,0/100,450/0
Busy tone 450/350,0/350
Congestion tone 450/700,0/700
Ring back tone 450/1000,0/4000
Of-hock warning tone

450/400,0/4000

Call waiting tone

450,/100,0/100,450,/100,0/100,450/100,0/100

=3 3

Confirmation tone
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Table 2-38 Description of Beep Parameters

Item Definition

System Preset: Select the country/region built into the system.

Tones Customization: Users can define the following call tone parameters by
themselves.

Sets the signal tone standard of the country used by the device, the default value

is "China". In addition the following national and regional signal tone standards
are available in the device:

Country/area China, United States, Singapore, lIsrael, Malaysia, Indonesia, United Arab
Emirates, Australia, Zimbabwe, France, Italy, Germany, Mexico, Chile, Russia,
Japan, Korea, Hong Kong, Taiwan, India, Sudan, Iran, Algeria, Pakistan,
Philippines, Kazakhstan, Turkey, Argentina.

Dial tone Off-hook dial tone.

Second dial tone For secondary dialing applications.

Used to alert the extension user of the following conditions: that Do Not Disturb
Stutter dial tone is turned on or Unconditional Call Forwarding is turned on, or that there is a new
voice message.

Busy tone Used for busy tone alerts.

Congestion )
Used for alerts when you cannot get through due to resource constraints.
tone/reorder tone

Ring - back tone An alert tone to the calling party when ringing.

Off- hook warning tone Alerts the user that the phone is in the off ~ -hook non - dialing state.
Call waiting tone Alerts the user's phone in a call that there is a new incoming call.
Confirmation tone Used for confirmation prompts after entering a function key.

Table 2-39 Examples of customized tone rules

Give an example Definition

350+440 Dual frequency tones consisting of 350 and 440 Hz.

A dual - band tone consisting of 480+620 Hz is played repeatedly in 500 ms play
480+620/500, 0/500 500 ms stop.
Note: 0/500 means 500 milliseconds of silence.

440/300, 0/10,000, 440 Hz single -frequency tone, repeated 2 times at 300 ms playback with a 10 -
440/300, 0/10,000 second stop.

950/333, 1400/333, Play 333 milliseconds at 950 Hz, 333 milliseconds at 1400 Hz, 333 milliseconds
1800/333, 0/1000 at 1800 Hz, mute for 1 second, repeat.
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2.9.11 SIP Advanced Configuration

Go to Advanced Settings > SIP to set the SIP compatibility information.

Figure 2 - 80 SIP Compatibility Interface

Status Basic Extension Trunk Multi-site

Application Advanced Security System tool Log

Call blacklist/whitelist ~System Cert. Feature access codes Routing Dialing Tone SIP DOTMF  Call record

SIP configuration

PRACK
Early media

Session timer

Pal

[ RFC3262
[ RFC3009
[ RFC4028
[] Handle PAl in SIP invite
[0 Attach PAlin SIP invite

[] Attach PAl in SIP response

Request/Response message configuration

Port for sending response ® Using received port to send response O Local signaling port

To header field ® Subdomain name O Qutbound praxy

Call-ID header field ® Hostname O Internal Network IP Address

Obtain called party number from ® Request Line field O Tofield
Target number in Contact Header of 302 message O
Re-register on INVITE failure Disabled Vv

Table 2-40 SIP Compatibility Parameter Description

Item Definition
PRACK Open RFC3262, PRACK. The system default is unchecked.
Early Media Open RFC5009. The system default is unchecked.

Configure the parameter values for the P - Early - Media header field for early

media as follows:

Supported

Sendrecv
Media Stream Direction Sendonly
Attributes recvonly

Inactive

The fields carried in different mode SIP messages are different. Selection is based
on the requirements of the opposite end.

Note: This can be configured when Early Media is checked.
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Item Definition

Session Refresh (RFC4028) uses periodic re -INVITE or UPDATE requests and
corresponding response messages during a call to determine if the call is "alive" so

that resources can be released in a timely manner. When the sender of a session
refresh request (t he refresher) does not receive a response or the receiver of the
request does not receive a refresh request within the refresh cycle, it assumes that

the other party does not exist, ends the call, and releases the resources.

The refresher and refresh period are determined by negotiation between the
parties involved in the call, including both parties to the call and the various agents

in transit. The refresh period (which is carried in the Session - Expires header field)
must no t be less than the Minimum Refresh Request Interval (which is carried in
Session timer the Min - SE header field).

The device turns off the word refresh function by default. When there is an
imperfect resource release mechanism in the call -related parties (e.g., no RTP
stream detection mechanism, no BYE request timeout detection mechanism, etc.),

it is recommended to e nable the session refresh function.

With the session refresh feature turned on:

When the device acts as the calling party, it carries the session refresh related
header field in the INVITE message it sends, and when the device acts as the called
party, it responds to a request that carries the session refresh header field by
inserting the final session refresh period and the proposed refresher in the 200 OK
message to complete the negotiation.

That is, the session refresh cycle, the device will carry the value in the Session -
Session interval Expires header field in the INVITE or UPDATE message. The default is 1800
seconds, with a range of values from 30 to 65535 seconds.

The minimum session refresh period that the device can accept. The default is 1800
Minimum timer seconds, with a range of values from 30 to 65535 seconds.

The final negotiated session refresh period cannot be less than this value.

Selecting the receiving Select the reply port for SIP messages. The system defaults to "use the received
port for response port as the reply port".

. Select whether to use the client domain name or proxy server for the To header
To header fields . )
value, the system defaults to "Client Domain Name".

) Select whether the Call -ID header field should have a host name or a local IP
Call- ID header field . .
address, the system default is "with host name".

Select to get the called number from Request Line header field or To header field,
Called party number ) .
the system default is "Get from Request Line item".
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Item Definition
Sqcb rm amlrpmj ufcrfcp rfc bcqgrgl _rgml

Amlr_ar fc_bcp dgcjb md rfc 1.0 kcqgqgq_ec
rp_lgqdcppcb amlr_glq rfc npcdgv _bbcb gl
Rfgg n_p_kcrcp gq t_jgb mljw ufcl rfc dm

Parameter FT_FAT_X=on is set for IP outside line

This IP outside line sets the DID to the extension

Target number in The corresponding DID extension is set up for call forwarding to an external

Contact Header of 302 number, e.g., to the target number 13812345678

message A routing rule exists that defines the prefix to be added when calling out to this

destination number over an IP outside line, such as the routing rule FXS 138
ADD 9

Check this parameter, the destination number carried on the Contact header field
in the 302 message sent by the device contains the prefix 9 in the routing rule,
which is 913812345678, and if it is unchecked, it does not contain the prefix, which
is 138123 45678.

2.9.12 DTMF

Go to Advanced Settings > DTMF to configure DTMF information.

Figure 2 - 81 DTMF Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Call blacklist/whitelist  System  Cert  Featura access codes  Routing Dialing Tone SIP OTMF  Call record

Transmission method RFC 2833 ~

RFC 2833 payload type il Rangs: 36 to 127, Default: 101 @

DTMF tone duration i@ 100 ms (Range: 50 - 150, Default: 100)

DTMF interdigit pause @ 100 ms (Range: 50 - 150, Default: 100)

Min. DTMF detection duration @ 43 ms (The range must be 32 to 96 in multiples of 16)
CTMF detection duration increment against talk-off 16 v ms @
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Table 2-41 DTMF Parameter Description

Item Definition

The transmission methods of DTMF signals supported by the OM are
RFC2833, Transmission, and SIP INFO, and the default is RFC2833.

RFC 2833: Separates the DTMF signal from the voice path and

transmits it to the platform via RTP packets in RFC2833 format;
Transmission method o ) ] ]
Transmission: The DTMF signal is transmitted to the platform along

with the voice path;

SIP INFO: Separates the DTMF signal from the voice path and
transmits it to the platform as a SIP signaling INFO message.

If RFC 2833 transmission method is selected, you need to configure the
option, the value range is 96~127, and the default value is 101. Users
RFC 2833 payload type should note when configuring this parameter that the value of this
parameter and the value of 2833 packet type sup ported by the opposite
end should be the same.

This parameter specifies the DTMF signal duration in milliseconds from
DTMF Tone duration the FXO port. The default value is 100 milliseconds. It should normally
be set in the range of 50 ~ 150 ms.

This parameter specifies the time in milliseconds between DTMF signals
DTMF Inderdigit pause from the FXO port. The default value is 100 milliseconds. Typically, it
should be set in the range of 50 ~ 150 ms.

Minimum duration of a valid DTMF signal. The valid range is 32 to 96
Min. DTMF detection duration milliseconds and must be a multiple of 16, the default value is 48
milliseconds. The larger the setting, the stricter the test.

DTMF detection duration Takes a value in multiples of 16 in milliseconds. When the DTMF signal
increment against talk - off misdetection is serious, the value of this parameter can be increased.
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2.9.13 Media

Go to Application Services >Media to configure Voice over IP media parameters.

Figure 2 - 82 Media Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Pagingrule Fax Media APl Recording/VM Call baming Storage Manager/assistant Duty schedule Al service  Alarm notification  Remote support  Mewlync  Networking server

- Disabled codes A Enzaﬁlgggads A&
v 67290720 v
RTP port min. 10010 (Range: 3000 - 65535)
RTP port max. 10266 (Range: 3020 - 65535)
TOS/DSCP 0 [7]
Min. jitter buffer 2 frame (Range: { - 30, Default: 3). Higher value results in long delay.
Max. jitter buffer 50 frame (Range: 10 - 250, Default 50)
RTP drop SID
Obtain Media Address From @ SDP Global Address C SDP Media Address
Echo cancellation
Echo suppression
Time threshald for echo 150 ms(Range: 0 - 300)

suppression

Table 2-42 Description of media parameters

Item Definition

The device supports multiple codecs: G.729A/20, G.711U/20, G.711A/20,
G.722.2/20, G.722/20. This item can be configured with multiple encoding methods
Codecs at the same time, separated by English commas. When multiple encoding methods

are configured, the device will negotiate codecs with the peer SIP device in front -
to-back order.

Minimum value for RTP transmit and receive ports. Default value 10010, value
range 3000~65535, it is recommended to configure the value not less than 10000.

RTP port Min ) . .
Note: Each call will occupy both RTP and RTCP ports. For example, if the device has
4 user lines (or trunks), it needs to use 8 UDP ports.
The maximum value of the transmit and receive ports for RTP. Default value 10266,
RTP port Max value range 3020~65535. It is recommended that the configuration value is greater

than or equal to "2 x number of lines + minimum value”.

Defines the service level QA for different priority levels, the default value is 0xOc.
TOS/DSCP This parameter needs to be used in conjunction with the router's QOS feature to
ensure voice quality for IP calls.

The RTP Jitter Buffer helps to overcome the effects of network jitter. This parameter
Max. Jitter buffer configures the maximum number of RTP packets that can be retained in the buffer,
and the default value is 2 frames. The range of values is 0 to 30 frames.

The RTP Jitter Buffer helps to overcome the effects of network transmit jitter. This
Min. Jitter buffer parameter configures the minimum number of RTP packets to be retained in the
buffer, the default value is 50 frames. The range of values is from 10 to 250 frames.
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Item Definition
Select to discard received RTP SID voice data frames. The default value is
unchecked.

RTP drop SID Note: This parameter need.s.to Pe configured only if the recellved SIQ data framle
does not meet the specification. For example, the device receives certain
unregulated RTP SID data with varying data lengths, which can cause the caller to
hear a murmur or cer tain strange sounds.

SDP Global Link Address (default): obtains the peer IP address from the SDP

Obtain Media global connection;

Address From SDP Media Link Address:

Get the IP address of the opposite end from the
Connection Information after the SDP Media Description (Media Description).

Echo cancellation

Echo cancellation switch. Enabled by default.

Echo suppression

Echo Suppression Switch. Enabled by default.

Time threshold for

echo suppression 150 milliseconds.

Sets the echo suppression length threshold, range 0 to 300 milliseconds, default

2.9.14 Call Records

The device can provide a detailed record of each call, including the caller number, called

number, call start and end time, etc.

Call records are sent from the device to an external server at the end of a call, and can be

accessed and managed by managers through the Call Record Management (CDR)

software pre -installed on the server.

Click Advanced Settings >Call record to configure the call logging server address and port

number, default port 1809.

Figure 2 - 83 Call Log Configuration Screen

Status Basic Extension Trunk Multi-site Application

Advanced Security System tool Log

Call blacklist/whitelist ~ System  Cert  Feature access codes  Routing  Dialing Tone SIP DTMF  Gall record

‘fou need to install the COR software on the server.
Server address

Record O All calls
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eg. 168.33.134 50:1809 or www.sip.com:1809

® Without intemal calls
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2.9.15 API

APl is the application programming interface provided by the device. External
applications can perform operations such as call control, call status monitoring and
configuration placement on the device through the API, and the device can push reports
such as events and call logs to the application through the API.

To use the API, the following configuration steps need to be performed on the device:

Step 1 Go to Application Services > APl and fill in the API authentication address.

Figure 2 - 84 API Configuration Interface

Application

Pagingrule Fax Media AP RecordingVM Call barring  Storage  Manager/assistant Duty schedule Al service  Alarm notffication  Remnote support  Newlync  Networking server

Application server

O NeeHau ® Customized

Server @ [hitp://192.168.191.168:8185/]
URL@ huawu/omData/getStatus
Digital signature password for (s @
receiving
L Pl o e T | @
sending
Validity period of digital i §
A 0 s{Range:0~86400,Default-0)
Features @
Analog ext. IP ext. Analog trunk SIP trunk
Line Extension number [l Status subscription l
1 30000
A
2 am
3 Not in use O '
4 Mot in use O
5 Mot in use O
6 Mot in use ]
7 Mot in use O
8 Mot in use O v
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Table 2-43 API Interface Parameter Description

Item Definition

Selecting Neehau means using N eehau Business Phone Assistant as the application
NeeHau server. No other application servers can be configured at this time. The OM1000 -
UC/OM1000 - A-UC does not have Neehau option.

?drcp gcjcargle Asqgr mkgxrew chnmjecgpa rrfgmlr fgod
|l sk cp, Rfc bcd_sjr t_jsc md 6. ggqg sqgcb uf
ml jw pcamel gxcqgqg ?NG pcoscqgr kcqqg_ecq dpmk

Serve ]

npm_argtcjw nsqf ?NG pcnmpr kcgq_ecq rm rf

_bbpcagq,

Lmrc8 ReE@df mddmpc wms a_| aml dgespc rfgqg n
Url Clrcp rfec _bbpcqq &pcj_rgtc n_rf’ md rfc
r

pcacgtc bctgac kcqq_ecq,
Digital signature Rfc MK mljw pcacgtcq ?NG pcoscqgr kcgg_ecq
password for ?drcp amldgespgle rfc MK bgegr _j _srfclrg
receiving _nnjga_r gml gcptecp lcecbg rm ¢ amlqggqreclr
o ) Rf c MK a_| gcl b ?NG pcoscqgrq rm rfc _nnj
Digital signature ]

_srfclrga_rcb “w rfc _nnjga_rgml qgcptcp,
password for )

) Rfc bgegr_j _srfclrga_rgml n_gqgqumpb amldge

sending :

aml dgespcb ml rfc _nnjga_rgml qgcptcp,
Validity period of Aml dgespchb ufcl bgegr _j qgel _rspc _srfclrg
digital signature rm 642.. gcamlbg* _Ib rfc bcd_sjr gq . dmp

Step 2 Enable the API function for the extension/outside line.

Step 3 Save the configuration and reboot the device.

Y

Note

When the device receives the message, it prioritizes the authentication of the application
server through the configured server address, and then performs digital authentication if
the authentication fails.
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2.9.16 Site attribution area digits

Go to Advanced Settings > System  to set the zone number of the device location.

Figure 2 - 85 Attribution Area Bit Number Configuration Screen

ti-site Advanced

Call blacklist/whitelist ~Systerm Cert  Feature access codes  Routing Disling Tone SIP DTMF  Call record

System a

Domain

Forward no answer ring counts 4

Areafcountry code

Local area code

Data transmit

SIP transport type OTP  OUDPETCP  ® UDP

EMS

ACS-URL

Table 2-44 Explanation of attributed area code parameters

Item Definition
Glbga_rcqg rfc xmlc I sk cp ufcpc rfc bctgac
jglc mnecp_rmp _Ib rfc jma_rgml md rfc cosg
Localareacode |f _ " gr gq gqrgjj _aampbgle rm rfc f_"gr gl Q
Dmp c¢cv_knjc* gd rfc bctgac ggq gl Qf _Ief _g*
rf_r bmcqg I mr “cegl wugrf . mp [/ * rfc bctga

2.9.17 SIP Transmission Method

Go to Advanced Settings >System to set the SIP transfer method.

Figure 2 - 86 SIP Transmission Mode Configuration Interface

Advanced

Call blacklist/whitelist ~Systerm Cert  Feature access codes  Routing Dialing Tone SIP DIMF  Call record

Systermn A

Domsin
Forward no snswer ring counts 4

Area/country code

Local area code

Data transmit

SIP transport type OTCP  OUDPATCP @ UDP

EMS

ACS-URL
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Table 2-45 SIP transmission method parameter description

Iltem Definition

Qcjcar rfc rp_lgnmpr j_wcp npmrmamj sqcb r
SIP transmission ) N .

kcrfmb ggq qgqcjcarch w bcd_sjr* RAN mp SBNS$
method

rp_l gkggqgml kcrfmb ksqr “~c¢c amlqggqrclr wugr
TCP-based SIP |Rf ¢ QGN j ma_j nmpr uf cl sqgle rfc RAN npmr
local port

2.9.18 Automated Management

Configuration automatic management function,

configuration server (ACS) for

configuration and firmware upgrade.

can be through the automatic

remote centralized management of the device

Go to Advanced Settings> System (OM1000 - UC/OM1000 -A-UC) is to go to Advanced

Settings>System , and select Auto Management for the network management platform

method) to configure.

Figure 2 - 87 Automatic Management Configuration Interface

Status Basic Extension Trunk

Security

System tool Log

Signaling port
Server
Trap port

Motification interval

eg. 192.168299

Auto provision

O Ensblz
Obtain ACS address vis DHCP option 66 [

ACS URL

User name

Password

Firmware upgrade o

Power on

Upgrade mode

® Disable

e.g. protocol//211.168.5.133, protocol: http, https, tftp. fip

Bmaskclr Tcpqggml

/| OAmnwpgéftu

Pmai Rcafl mj megcq* Gl a/ 43



MKO .*MK3 .*MK®6 .*"0MK6 .42 *MKO0O . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq

Table 2-46 Automatic management of parameters

Item Definition

Obtain ACS

address M r _gl rfc pckmrc ?srmk_rga K_I _eckclr RD
via DHCP option _bbpcgg tg_ BFAN mnrgml 44,

66

Manually configure the ACS address, which can be a TFTP, FTP, HTTP, or HTTPS
server

. TFTP server: tftp://ACS address

ACS URL . FTP server: ftp:// ACS address
. HTTP server: http:// ACS address
. HTTPS server: https://ACS address
User name Enter the user name to access ACS.
Note: If the ACS address is configured as a TFTP server then the user name and
password entry boxes will not be displayed on the interface.
Password Enter the password to access ACS.
Bmuljm_b rfc dgpku_pc snep_bc n_ai _ec _r
n_ai_ec gl rfc bmuljm_bcb amldgesp_rgml d
Firmware ]
amknjcrcqg rfc gmdru_pc snep_bec,
Updates

Lmrc8 MKO. E- MK3. E- MR6 MBOMKE - K0 .-. NEK/+ . .
SA- MK/ +?2+4SA dgpku_pc a_lI T c r_p,ex dgjec

. Power - up: the device detects if there is  configuration and firmware on the ACS
that needs to be updated to the local unit only at power - up startup.

Update mode Power Up + Cycle: when the device powers up and starts up, it first detects
whether there is any configuration and firmware on the ACS that needs to be
updated to the local unit, and then it periodically detects it according to the set

cycle value.

Aml dgespc rfc rgkc gl mcrpeap_jbcd nmpd nrcfpeg nbbegtag 4
Upgrade period ) Awaj c gq amldgespch, Rfc bcd_sjr t_jsc

gcaml bgqg,
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2.9.19 TR0O69

Go to Advanced Settings >System to configure it.

Figure 2 - 88 TR069 Configuration Interface

Status Basic Extension Trunk Multi-site Application

Advanced

Security System tool

Log

Call blacklist/whitelist Systemy Cert Featuro accesscodes Routing Disling Tone SIP DTMF  Call record

“un - U
&
Signaling port 2700
Sarver eg. 192.168.2.99
Trap port 1682
MNotification interval 900 5
Auto provision
© Enable ® Disable
Obtain ACS address via DHCP option 568 (m]
ACS URL e g. protocok//211.168.5.153, protocol: http, hitps, ttp, ftp
User name
Password
Firmware upgrade (m]
Upgrade mode Power on ~
TROGO
ACS-URL %]
Username
Password
Serial number
Pericdic inform enzble O On ® OfF
Pericdic inform interval 900 s(Range:- 60 - 7200)
Connection request URL
Connection request usermame
Connection request password v
Table 2-47 TR069 Parameter Description
Item Definition
ACS-URL Qcr rfc SPJ md rfc uc k_qgqrcp qgqcptcp,
Username Qcr rfc sqcp | _kc sqcb dmp _srfclrga_ragn
Password Qcr rfc n_gqumpb sqgcb dmp _srfclrga_rgml
Rfc qcpg_j I sk cp md rfc npmbsar* wufgaf
) Uf cl gl rcpd_agle ugrf rfc mncp_rmp%g | ci
Serial number ) N R
r fc qcpg_j Il sk>cp npmt gbcb w rfec mr f ¢
amknjcrch,
Periodic inform enable ? qugraf rf _r pcnmprqg ncpgmbga_jjw rm rf
Periodic inform ]
) Rfc glrcpt _j dmp pcnmprgle rm rfc | crump
interval
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Item Definition

] Rfc _bbpcqg md rfc |l crumpi +tkmlll_ezkclh rbagte
Connection request
URL Eclcp_jjw eclcp_rcb _srmk_rga_jjw* wms 4

rfc bctgac,

Connection request Rfc _aamslr I sk cp md rfc I crumapml kcar el
username bctgac,
Connection request Rfc n_gqumpb dmp rfc | crumpi k_I _eckclr
password bctgac,

2.9.20 Ping Diagnostics ( OM20G/OM50G)

This tool is used to diagnose whether the network is connected or not.

Go to System Tools > Ping Diagnostics and fill in the destination IP address or host name

to start the diagnostics. Diagnostics can be viewed in the

Figure 2 - 89 Ping Diagnostic Interface

Summary Information

box.

Status

Basic

Extension

Trunk

Multi-site

Application

Advanced

Change password

Upgrading License Importdata Exportdats Factory resetting TDM capture  Ethereal capture

Security
Systern time

System tool

Log

Diagnosis using Ping \bice prompt packages

Destination IP and host name

Summary

2.9.21 Voice package management

Each voice pack corresponds to one language and contains all system voice prompt

files. For details, see Table 2-48.

The following steps describe uploading a pre

-recorded voice packet to the device.

Step 1 Click System Tools >Language Pack Management to enter the configuration
interface. The OM1000 -UC/OM1000 - A-UC requires an SD card to be inserted

before this configuration interface is available.

Step 2 Click Import Voice Pack to import a pre -made voice pack.

To create voice packs, you need to use the Wind Voice File Conversion Tool
developed by Newrock , please refer to Wind Sound Voice File Conversion Tool

User Guide The specific method can be found in the "Wind Voice File Conversion
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Tool User's Guide".

Step 3 Click the Set as default checkbox to set the system default voice pack.

Figure 2 - 90 Voice Pack Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Change password  Upgrading  License Importdata Exportdata  Fectory resetting TDM capture  Ethereal capture  Systemtime  Diagnosis using Ping  Vioice prompt packages

Before importing, use Telegreeting (an audio file conversion tool) to prepare voice prompt package.

Import
| B e — Set to default Audio files Erpart Delete |
chinese (]} E -4 o
anglish a E B o

Step 4 Click on the voice pack corresponding to ﬁ, you can select individual voice files
to upload for replacement as needed.

Figure 2 - 91 Voice Pack Configuration Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log

Change password  Upgrading License Importdata Exportdata Factory resetfing TDM capture Fthereal capture Systemtime  Diagnesis using Ping

Go back
MName Type Sample Status Uplead Audition Delete
Thank you for calling. If you know your party’s
welcome undefined extension, please dial it now or press zero for an Done 1t il ]
operator
Thank you for calling. We are currently closed. If
offhour Music you know your party'’s extension, please dial it Dione t ol 1]
now.

Table 2-48 System voice prompt file

filename element

] rgn Xcpm

/'Tragn Ml ¢

O] rgn Rum

1] rgn Rf pcc

2] rgn Dms p

3] rgn Dgtc

4] rgn Qgv

5]rgn Qctcl

6]rgn Cgefr

7]1rgn Lglc

_aamslr |[Njc_gqc clrcp rfc cvrcl ggml l sk cp* d
T mai Wms _pc Imr _srfmpgxcb rm k_ic rdgae_4q
Tsqw Rf _r jglc gq “sqgw, Clrcp _Imrfcp I sk
a_jJjj u_gNjc_qc fmjb, Rf_r jglc gg ~sqgw* " sr

a_|l acj Rf c dc_rspc gq | mu bc_argt _rchb,
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filename element

aml dgpk |[Rfc dc_rspc ggqg | mu _argt _rchb,

amllcar [Njc_gc fmjb ufgjc wmsp a_jj gqg rp_1laqg

bgg_ jc |[Bgg_ |jc,

bl b Rfc cvrclggml wms _pc Hripdwgespm par gf
f _l e sn,

bmr]lrgn [Bmr,

cl _“jec Cl _"jc,

e _rcu_w|E_rcu_w,

epmsn ~sNjc_gc fmjb, ?jj jglcg _pc ~sqgw,

f _l+en Wmsp a_jj gq "~cgle bggamllcarch, Rf |

f _lesnO |Rfgg a_jj wugjj ~c¢ bggamllcarchbh gl ml

gn]rgn GN _bbpcqq,
Dmp a_jj dmpu_pb* npcqq ml c, Dmp t mg 8

GTP/ A_jj dmpi gl e8 dmsp, A_jj u_grgle8 d
cvrclggmlg* npcgqg qctecl, Rm pcnc_r rf

GTPO Clrcp rfc cvrcl ggml |l sk cp* dmjj muchb

GTP1 Qmppw* rfc dc_rspc a_Illmr ~c¢c _argt _r

GTP2 Rm m r gl rfc asppclr qgqcrrgleqgq* npcq
npcgqg nmsl b,

GTP3 Rfc dc_rspc gq I mu _argt _rchbh,

GTP4 Qmppw* rfc dc_rspc a_Illmr ~c¢c _argt __r

upml e Qmppw* rfc dc_rspc a_Illmr ~c¢c _argt _r

GTP5 Rfc dc_rspc gq | mu bc_argt _rch,

GTPG6 Rfgg gg _I glt_jgb NGL* njc_qc clrecp

pcclrcp |[Rfgq ggqg _I glt_jgb NGL* njc_qc clrecp

GTP7 Rf c asppclr qgcrrgle gqlll]l

gcrrgle |Rfc asppclr qgcrrgle gql]l]l]l

GTP/ . Rm _argt_rc bm I mr bgqrsp * npcgq ml

GTP/ / Rm bgg_"jc tmgack_gj* npcqgqg xcpm Rm
Rm dmpu_pb + bgwcmpal mjg rm tmgack_gj ?

GTP/ O Rm jgqrecl rm rfc amjmp pgle’” _ai rml c
bgg_"jc* npcgq xcpm, Rm pcrspl rm rf g

GTP/ 2 Rm qcr rfc r_pecr I sk cp* npcqgq mlc,

GTP/ 27? Rm bgg_ " jc a_j]j dmpigle* npcqgqg Xxcpm,
npcqgqg ml c,

GTP/ 3 Clrcp rfc cvrclggml I sk cp* dmjjmuch

GTP/ 4 Rm bgg_"~jc a_jj dmpu_pb* npcqqg xcpm,
dmpu_pb _jj a_jjg* npcgqg mlc, Rm cl _
rum, Rm m r _gl rfc asppclr qcrrgleqgt®
kcls* npcgq nmsl b,

GTP/ 6 Rfgq gq _ I glt_jgb NGL* njc_qc clrecp

l crk_qi Lcrk_qi,
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filename element
I m_| gucpRfcpc gg I m _ 1l qucp, Njc_gc clrcp _ I mi
|l magpasg?jj agpasgrqgq _pc ~sqw, Njc_gc rpw wmsg
Il ml sk  cpgRfc I sk cp wms f _tc clrcpecb gqg | mr t
clrcp _e_gl* mp npcgqg xcpm dmp _| mn
mddf msp |Rf | wms dmp a_jjgl e, Uc _pc asppecl
cvrclggml* clrcp gr | mu,
mncp_rmpNjc_qgc fmjb ufgjc wmsp a_j|j gq rp_1lg
mncp sqw?jj mncp_rmpq _pc ~sqw, Njc_qgqc clrecp
nmpr Nmpr ,
pcampb Njc_gc pcampb wmsp kcgq_ec _r rfc r ml
rpw_e_gllWmsp a_jj a_Illmr ~c¢c amknjcrcb* njc_q
tcpqgg ml Dgpku_pc tcpggml,
t k] _j i Wmsp a_jj ugijj ¢ dmpu_pbcb rm tmgac
_I'b f _I e sn ufcl bml c,
tk] "sqgqw |Rf _r jglc ggqg “~sqgw, Jc_tc wmsp kcqgg_eq
tk]d_gj Wmsp a_j|j a_ |l I mr ¢ amknjcrch* Jc _tec
sn uf cl bml c,
tk] I m_lI qWmsp n_prw bgb I mr _ |l qucp, Jc_tc wms
uf cl bml c,
uc nmpr |Uc® _aacqgq nmpr
. Rf _ i wms dmp a_jjgle, Gd wms il mu w
ucj amkc
npcgqg xcpm dmp _| mncp_r mp,
tk]lcu 111 lcu tmgack _gj kcgq_ecq,
tk] I m Wms f _tc Im tmgack _gj kcggqg_ecq,
tk] mjb 111 g_tcb tmgack _gj kcgq_ecq,
tk]npc Wms f _tc 11711
Rm pcnc_r rfc kcqgg_ec* npcqqgq mlc, R
t k] npmkn
l cvr kcgq_ec* npcqq rfpcc,
u_icsn Fcjjm* rfgq gq wmsp qgqafcbsjcb | mrgdg
gk Qmppw* wms _pc Imr _srfmpgxcb rm k_icq
_bkglggrp_r mp,
R Qmppw* wms _pc Imr _srfmpgxcb rm k_i
glrcecpl |
_bkglggrp_rmp,
j mai Qmppw* wmsp cvrcl qggml gq j mai cb, Nj c |
pcq Qmppw* wms _pc Imr _jjmucb rm a_j|j rf
R Qmppw* wms _pc Imr _srfmpgxcb rm k_ic
bmkcqgrg
_bkglggrp_rmp,
Qmppw* wms _pc I mr _srfmpgxcb rm k_i
boma_J rfc _bkglgqgrp_r mp,
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2.9.22 Dual hot standby (OM1000 -UC/OM1000 -A-UC)

The two OM1000 - UC/OM1000 - A-UC can be deployed as dual hot standby, so that when
the master device is abnormal, the slave device will be automatically enabled to ensure
uninterrupted calls.

Follow the steps below to configure dual hot standby.

Step 1 Depending on the site network, plan the following three IP addresses before configuration

K _grcp bctgac GN _bbpcqgg8 dgvcb GN _bbpcqgq,
., Qj _tc bctgac GN _bbpcgg8 dgvcb GN _bbpcqgq

gcekclr g rfc k_qrcp bctgac,

., Tgprs_j GN8 Dgvcb GN _bbpcqgq, gg rfc GN _
k _gqgrcp _I'b gqj _tc bctgacqg _Ib ksqr “~c¢ gl r f
k_gqrcp _I'b gj _tc bctgacgq,

Step 2 Configuring the master device

1. Rf ¢ dslargml _j amldgesp_rgml md rfc bctgac c

cra, g9gq mkgrrchb,

22Clrcp rfc Bs_j K_afglc FmrClQr jld wcoglmgfcpd _

k _grcp bctgac

3. Aml dgespc rfc GN _bbpcqg md rfc n_gpcb bect

pcampb rfc _srfclrga_r gml icw* ufgaf wms a_
k _grcp _Ib rfc qj _tc bctgacq _pc gbclrga_j,
4. Clrcp rfc tgprs_|j GN _bbpcqgqgqg _I'b k_qi gl dmp !
5. Dgjj gl rfc e_rcu_w _bbpcgg md rfc bctgac
bctgac qclbg _ ngle pcoscqgr rm rf _r _bbpcqq

pcgnmlgc gq bcecrcarcb* gr glbga_rcq rf _r rfoc

cppmp qr _r c,
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6. Aml dgespc rfc fc_jrfw fc_pr-c_r glrcpt _j _I
Step 3 Configuring Slave Devices
LEm rm rfc Bs _j Fmr Qr Cll b ™ cgllbr copedij agcc*  jagf tcopa ¢
Aml dgespc rfc GN _bbpcgg md rfc n_gpcb bctg
_srfclrga_r gml icw _g rfc k_qrecpt* ~_I'b mrfec
aml dgesp_rgmlg md rfc qj _tc bctgac _pc _sr mk

Figure 2 - 92 Dual Machine Hot Standby Interface

Call blacklist/whitelist  System  Cert.

This device
Status Dizabled
Enable
Device mode @ O Primary
Paired device
Status Dizabled
IP address @
Key @
Virtual IP address
Virtual IP addresz @
Metmask 0.0.0.0

Metwork connection detection

Advanced

Heartheat keep alive @ 5
Heartbeat time out i 120
Configurations synchronization

Synchronize SIPRPEX

configurations with paired Start now

device

Synchronize audio files with

paired device Start now
Bmaskclr Tcpggml [/ OAmnwpgéfwu
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Feature access codes  Routing  Dialing Tone SIP DTMF Call record

® Secondary

s (Range: 1-20,Default: 5)

s (Range: 'Heartbeat keep alive’ times 2-300, Default 120)

Save
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Table 2-49 Parameter description of the master

- standby switchover

Item

Definition

This equipment

Displays the current device operating status:

Not Enabled: The current device does not have the dual machine hot standby feature

B

enabled
Status s Active: current device is working
s Standby: the current device is in standby mode
s Operation error: the current device failure status, usually the network is not available
s Waiting: Waiting for paired devices to come online
Used to manually switch between master and standby states, generally used for
Activate maintenance management, such as firmware upgrades.
now/Activate R Activate Pair: When the device is active, click this button to enable the paired device,
the paired this device is in standby mode.
device . Setto Active: When the device is in standby mode, click this button to put this device
into active mode and pair the device as standby.
Enable Used to enable or disable the dual machine hot standby function.

Device mode

Select the current device as the master or slave.

Dual hot standby requires two devices to be used in pairs, one as the "master" and the other

must be configured as the "slave". When both devices are started at the same time, the
master device will enter the "active" state and the slave device will enter the "standby"
state.

Paired device

The IP address of the paired device, if the current device is the master, then enter the

IP address

address of the slave.

Used for transmission encryption to ensure security, the authentication keys of the master
Key and slave devices must be the same. It is recommended to enter 8 digits of letters or

numbers.

Virtual IP address

Virtual IP
address

The IP addresses presented externally by the two devices in the dual hot standby group.
The same network segment as the master and slave device addresses.

Subnet mask

The subnet mask of the virtual IP address.

Network
monitoring
node

Used to detect whether the current network environment is normal, it is recommended to
fill in the gateway address of the device. The device sends a ping request to that address

to test network connectivity. If the detection fails, the device is in an oper ational error state.

Need to make sure that this IP address does not disable pinging.

Advanced settings

Heartbeat keep

The device in the active state sends heartbeat packets to the device in the standby state at

alive this interval. Default 10 seconds.
Heartbeat If the standby device does not receive a heartbeat packet from the active device within
timeout this time, it will automatically switch to the "active" state and take over all services.
Step 4 Save the settings.
Bmaskclr Tcpggml /OAmnwpgéefcu Pmai Rcafl mjmegcq* Gl a /52

Dc_rspcq




MKO .*MK 3 .*BMK®6 .*@®IK6 .#2*MKO . *E
MKO . +BMK/ . 3SAMK/ . ¥2+SA Qcpgcq Dc _rspcq

2.9.23 Remote Support

Users can enable remote support from the Application Services > Remote Support  page.

Figure 2 - 93 Remote Support Interface

Status Basic Extension Trunk Multi-site Application Advanced Security System tool Log
Pagingrule Fax Media APl Recording/VM Cal baring Storage Manager/assistant Duty schedule Al service  Alarm nofification  Remofe support  Newdync  Networking server

Remote support Enable

User agreement | have read and agree to theUSER LICENSE AGREEMENT

2.9.24 Paging Rules

Sqcpgqg a_?bkmjgarirmPngj gaf c gmIN_@mBsejganc qcr ~pm_ba_qr

gl rfesnnmn ec &qgsnnmpr ~pm_ba_qrgle rm _I| _jme cvrc
u_w ~pm_ba_qrgle dmp rfc rgkc "~ cgle',
Figure 2 - 94 Paging Rule Setting Screen
2.9.25 NewLync Service
Sqcpg em rm ?nnjga_rgml Qcptgacqg<Ajmsb Amjj _ "~ mp_r.
dslargmlg md Lcudwla ?nn* NA _| b bcgirmn nfmlcqg ml
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