(:IEGDFEHT _
telecom The best gateway technologies

=

N

i

VolPlIngate

a VolP — GSM gateway

Connecting Cellular Phones Directly to
‘Voice over Internet’ Protocol

User Manual

For more assistance, contact
Discovery Telecom Technologies

www. dtt.tw

Version 2 May 30, 2005



1) High voltage transients, surges, and other power
irregularities can cause extensive damage. It is the user's
responsibility to provide a power protection system.

WARNINGS 2) Itisthe user's responsibility to install, operate, and maintain
the system in accordance with all applicable codes,
regulations, and safety measures.

Without prior notice and without obligation, the contents of this
manual may be revised to incorporate changes and improvements.
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AND PATENTS

Every effort has been made to ensure that the information is
complete and accurate at the time of publication. Nevertheless,
Discovery Communication cannot be held responsible for errors or
omissions.

Trademarks, patents and copyrights apply.
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Contents of this Package

The VoIP master package contains the following components:

e 1 Voip Ingate gateway.

e 1 antenna.

e 1 Voip Ingate software CD.

e 1100/220V - 24V transformer
e 1 Com Port cable.

e 1 electric power cable.

e This manual is located on our Web site, at:
www.dtt.tw _
Check this site for updates to this manual
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VoIP Client ATA

Before using this device please read the following

1. Connnect the VoiPMaster to the network . You must have an account with a VoiP
Provider or you should reqister an extension with a SIP Gateway/Server.
Get all needed data from your provider ( such as: user name, Password, server |IP
address ports etc.)

2. Connect a reqular analog telephone to the system and configure it first as a reqular
VoIP client. That configuration is done using a web interface. You will find
instructions on page 14 of this manual.

| 3. Make sure you can make and receive calls using your reqular phone set.

4. Run the GSM management software, and configure it according to the manual and
the interface menu.
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1.1

1.2

1 Product Overview

Key Features

Supports SIP 2.0(RFC 3261), TCP/UDP/IP, RTP/RTCP, HTTP, ICMP, ARP/RARP, DNS, DHCP
(both client and server), NTP, PPPoE, STUN, TFTP, etc.

Powerful digital signal processing (DSP) to ensure superb audio quality; advanced adaptive jitter
control and packet loss concealment technology

Supports various codecs including G.711 (PCM a-law and u-law), G.723.1 (5.3K/6.3K), G.726
(40K/32K/24K/16K), as well as G.728, G.729 and iLBC.

Supports Caller ID/name display or block, Call waiting caller 1D, Hold, Call Waiting/Flash, Call
Transfer, Call Forward, in-band and out-of-band DTMF, Dial Plans, etc.

Supports fax pass through (for PCMU and PCMA) and T.38 FolP (Fax over IP).

Supports Silence Suppression, VAD (Voice Activity Detection), CNG (Comfort Noise
Generation), Line Echo Cancellation (G.168), and AGC (Automatic Gain Control)

Supports standard encryption and authentication (DIGEST using MD5 and MD5-sess)

Supports for Layer 2 (802.1Q VLAN, 802.1p) and Layer 3 QoS (ToS, DiffServ, MPLS)
Supports automated NAT traversal without manual manipulation of firewall/NAT

Supports device configuration via built-in IVR, Web browser or Central configuration files
through TFTP or HTTP server

Supports firmware upgrade via TFTP or HTTP with encrypted configuration files.

Supports PSTN pass through, able to make and receive VoIP or PSTN calls using same
connected analogue phone.

Ultra compact (wallet size) and lightweight design, great companion for travelers.

Compact, lightweight Universal Power adapter

Hardware Specification

The table below lists the hardware specification of VolIP Client ATA.

Model VolP Client (ATA)

LAN interface 1xRJ45 10Base-T

Button 1

LED GREEN & RED color

Universal Input: 100-240VAC

Power Adaptor Output: +5VDC, 1200mA
UL certified
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. . 65mm (W

Dimension 93mm (D)
27mm (H)

Weight

Operating 32 - 1040F

Temperature 0 - 400.C

Humidity 10%-95%
(non-condensing)

Compliance FCC/CE/C-Tick
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2.1 Getting Familiar with the Key Pad

and theVoice Prompt

2 Basic Operations

VoIP Client ATA has a stored voice prompt menu for quick browsing and simple configuration. To
enter this voice prompt menu, simple pick up the phone and press the button on the VoIP Client ATA;
or pick up the phone and dial '#*' and after "****' . The following table shows how to use the voice prompt

menu to configure the device.

Menu

Voice Prompt

User’s Options

Main Menu

“Enter a Menu Option”

Enter “*’ to next option and “#” back to
main menu, or
Dial 01 — 06, 47, 86 or 99 Menu option

01

“Static IP Mode”, or
“Dynamic IP Mode”

Dial ‘9’ to toggle the selection.

If user selects ““Static IP Mode™, user
will need to configure the all IP address
information through menu 02 to 05. If
user selects “Dynamic IP Mode”, the
device will retrieve all IP address
information from DHCP server
automatically when user reboots the
device.

02

“IP Address” + IP address

The current WAN IP address is
announced. Enter 12-digit new IP
address if in Static IP Mode.

03

“Subnet” + IP address

Same as Menu option 02

04

“Gateway “ + IP address

Same as Menu option 02

05

“DNS Server” + IP address

Same as Menu option 02

06

“TFTP Server “ + IP address

Same as Menu option 02
TFTP server is used to update the
firmware of the device.

47

“Direct IP Calling”

When entered, user will be prompted by
dial tone, dial the 12-digit IP address to
make a direct IP call. (For details, see
“4.2.2 Make a Direct IP Call”.)

86

“No Voice Messages”; or
“Voice Messages Pending”

If there are voice messages, user can
dial ‘9’ and dial pre-configured phone
number to retrieve voice message.

99

“RESET”

Dial ‘9’ to confirm the RESET; or
Enter MAC address to restore factory
default setting (For detail, see section 8)

“Invalid Entry”

Automatically return to Main Menu

May 30, 2005
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Notes:

Once the LED button is pressed, it enters the voice prompt main menu. If the button is pressed

again while it is already in the voice prompt menu state, it will jump to the “Direct IP Calling” option

- dial tone plays in this state.

“*” shifts down to the next menu option

“#” returns to the main menu

“9” functions as the ENTER key in many cases to confirm an option

 All entered digit sequences have known lengths - 2 digits for menu option and 12 digits for IP
address. Once all digits are accumulated, it automatically processes them.

» Key entry cannot be deleted but the phone may prompt error once it is detected

2.2 Placing Phone Calls
2.2.1 Calling phone or extension numbers

There are currently two methods to make an extension number call:
1. Dial the extension number directly and wait for 4 seconds. (Default “No Key Entry Timeout™).

Or:
2. Dial the number directly, and press # (assuming that “Use # as dial key” is selected in the web

configuration).

Other functions available during the call are call-waiting/flash, call-transfer, and call-forwarding.

2.2.2 Direct IP calls

Direct IP calling allows two phones to talk to each other in an ad hoc fashion without a SIP proxy.
VolIP calls can be made between two phones, if:

» Both VOIP Client ATA and the other VVolIP device (i.e., another VOIP Client ATA or other SIP
products) have public IP addresses, or

» Both VOIP Client ATA and the other VVolIP device (i.e., another VOIP Client ATA or other SIP
produces) are on the same LAN using private or public IP addresses, or

» Both VOIP Client ATA and the other VVolIP device (i.e., another VOIP Client ATA or other SIP
products) can be connected through a router using public or private IP addresses.

To make a direct IP call, first pick up the analog phone or turn on the speakerphone on the analog
phone, then access the voice menu prompt by dial “***” or press the button on the HT286, and dial
“47” to access the direct IP call menu. User will hear a voice prompt “Direct IP Calling” and a dial
tone. Enter a 12-digit target IP address to make a call.

The follow is a table of the encoding scheme for the most commonly used characters:
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INPUT Encoding

00

01

02

03

04

05

06

07

08

OO0 NI RWIN|IFLO

09

*0 . (dot character)

*4 . (column character)

Examples:

If the target IP address is 192.168.0.160, the dialing convention is

Voice Prompt with option 47, then 192168000160

followed by pressing the “#” key if it is configured as a send key or wait 4 seconds. In this case, the
default destination port 5060 is used if no port is specified.

If the target IP address/port is 192.168.1.20:5062, then the dialing convention would be:

Voice Prompt with option 47, then 192168001020*45062 followed by pressing the “#” key if it is
configured as a send key or wait for 4 seconds.

2.2.3 Blind Transfer

Assuming that call party A and B are in conversation. A wants to Blind Transfer B to C:

1. A presses FLASH (on the analog phone, or Hook Flash for old model phones) to get a dial tone.
2. Then “A” dials *87 then dials C’s number, and then # (or waits for 4 seconds)
3. “A” can hang up.

Note: Call Feature has to be set to YES.
“A” can hold on to the phone and wait for one of the three following behaviors:

» A quick confirmation tone (temporarily using the call waiting indication tone) followed by a
dial tone. This indicates the transfer is successful (transferee has received a 200 OK from
transfer target). At this point, “A” can either hang up or make another call.

» A quick busy tone followed by a restored call (on supported platforms only). This means the

transferee has received a 4xx response for the INVITE and we will try to recover the call. The
busy tone is just to indicate to the transferor that the transfer has failed.
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» Busy tone keeps playing. This means we have failed to receive the second NOTIFY from the

transferee and decided to time out. Note: this does not indicate the transfer has been
successful, nor does it indicate the transfer has failed. When transferee is a client that does not
support the second NOTIFY (such as our own earlier firmware), this will be the case. In bad
network scenarios, this could also happen, although the transfer may have been completed
successfully.

2.2.4 Attended Transfer

Assuming that call party A and B are in conversation. A wants to Attend Transfer B to C:

1.
2.
3.

Note:

“A” presses FLASH (on the analog phone, or Hook Flash for old model phones) to get a dial tone
“A” then dial C’s number then # (or wait for 4 seconds). “A” and “C” now are in conversation.
“A” can hang up.

When intended Transfer failed, if “A” hangs up, the HandTone-496 will ring user “A” again to
remind “A” that “B” is still on the call, by pressing FLASH or Hook again will restore the
conversation between “A” and “B”.

2.3 Call Features

Following table shows the call features of VVoIP Client ATA.

Key Call Features

*30 Block Caller 1D (for all subsequent calls)

*31 Send Caller ID (for all subsequent calls)

*67 Block Caller 1D (per call)

*82 Send Caller ID (per call)

*50 Disable Call Waiting (for all subsequent calls)

*51 Enable Call Waiting (for all subsequent calls)

*70 Disable Call Waiting. (Per Call)

*71 Enable Call Waiting (Per Call)
Unconditional Call Forward.

*72 To use this feature, dial “*72” and get the dial tone. Then dial the forward
number and “#” for a dial tone, then hang up.
Cancel Unconditional Call Forward

*73 To cancel “Unconditional Call Forward”, dial “*73” and get the dial tone, then
hang up.
Busy Call Forward

*90 To use this feature, dial “*90” and get the dial tone. Then dial the forward
number and “#” for a dial tone, then hang up.

*91 Cancel Busy Call Forward
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*92 Delayed Call Forward
To use this feature, dial “*92” and get the dial tone. Then dial the forward
number and “#” for a dial tone, then hang up.

*93 Cancel Delayed Call Forward
To cancel this Forward, dial “*93” and get the dial tone, then hang up
Flash/Hook When in conversation, this action will switch to the new incoming call if there is

a call waiting indication. When in conversation without an incoming call, this
action will switch to a new channel for a new call.

2.4 Fax Support

VolIP Client ATA supports FAX in two modes: T.38 (Fax over IP) (and fax pass through. T.38 is the
preferred method because it is more reliable and works well in most network conditions. If the service
provider supports T.38, please use this method by selecting Fax mode to be T.38. If the service
provider does not support T.38, pass-through mode may be used. To send or receive faxes in fax pass
through mode, users will need to select all the Preferred Codecs to be PCMU/PCMA.

2.5 LED Light Pattern Indication

Following are the LED light pattern indications.

RED LED indicates abnormal status

DHCP Failed or WAN No Cable flash every 2 seconds (if DHCP is configured)

VOIP Client-486 fails to register flash every 2 seconds (if SIP is configured)

indicates normal working status

Message Waiting Indication Button flashes every 2 seconds
RINGING Button flashes at 1/10 second
RINGING INTERVAL Button flashes every second
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3 Configuration Guide

3.2 Configuring VOIP Client with a Web Browser

VolIP Client ATA has an embedded Web server that will respond to HTTP GET/POST requests. It also
has embedded HTML pages that allow a user to configure the IP phone through a Web browser such as
Microsoft’s IE and AOL’s Netscape.

3.2.1 Access the Web Configuration Menu

First, get the IP address of the VOIP Client through section 2.1 with menu option 02. Then access the
VOIP Client’s Web Configuration Menu using the following URI:

http://Phone-1P-Address

where the Phone-1P-Address is the IP address of the phone.
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3.2.2 End User Configuration

Once this request is entered and sent from a Web browser, the IP phone will respond with the
following login screen:

Grandstream Device Configuration

Password

Login

The password is case sensitive with a maximum length of 25 characters. The factory default password
for End User is “123” or blank.

After the correct password is entered in the login screen, the embedded Web server inside the IP phone
will respond with the following Basic Settings configuration page, which is explained in details below.

Grandstream Device Configuration
STATUS|BASIGSETTINGS| ADVANCED SETTINGS

(purposely not displayed for securnity protection)

End User
Password:

IP Address:
L dynamucally  assigned wia DHCP (default) or PPPoE
{will attempt PPPoE 1f DHCP fails and following 15 non-blank)

PPPoE account ID: |
PPPoE password: |

Preferred DNS server:l ¢ | ’ | ¢ | o

& statically configured as:
TP Address: | 192 | 1es | 1 | 12
T | 265 | 288 | 255 | o
Default Router: | 162 | 168 | ! | !
DNS Server 1: ERECR R E
DNS Server 2: EEAERE
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Time Fone: | current setting is ¥ GMT-2:00 [US Eastern Time, New York)' j

Daylight Sm‘_inga L No L Yes (if set to Yes, display time will be 1 hour ahead of normal
Time: time)

Update

End User
Password

This contains the password to access the Web Configuration Menu. This field is
case sensitive with max. 25 characters

IP Address

There are 2 modes under which the IP phone can operate:

- If DHCP mode is enabled, then all the field values for the Static IP mode are
not used (even though they are still saved in the Flash memory) and the IP
phone will acquire its IP address from the first DHCP server it discovers on the
LAN it attaches to.

To use PPPOE feature please set the PPPoE account settings if the HT-286 is
connected directly to a DSL modem. The HT-286 will attempt to establish a
PPPoE session if any of the PPPoE fields is set. In this mode, the WAN side
web access is disabled and TFTP upgrade for firmware is not feasible and
HTTP upgrade is the only available solution.

- If Static IP mode is selected, then the IP address, Subnet Mask, Default
Router IP address, DNS Server 1 (primary), DNS Server 2 (secondary) fields
will need to be configured. These fields are reset to zero by default.

Time Zone

This parameter controls how date/time will be displayed according to the
specified time zone.

Daylight Savings Time

This parameter controls whether the displayed time will be daylight savings
time or not. If set to “Yes”, then the displayed time will be 1 hour ahead of
normal time.

In addition to the Basic Settings configuration page, the end user also has access to the device Status page.
The following is a screen shot of the device Status page.

May 30, 2005
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Here are the details:

Grandstream Device Configuration

[STATIIS BASIC SETTINGS ADVANCED SETTINGS
MAC Address: 00.0B.82.01.564D
WAN IP Address: 192.168.1.12
Product Model: HT286

_ Program-- 1.0.6.3 Bootloader-- 1.0.1.0 HTML-- 1.0.0.48 VOC--
" 1.009

Svstem Up Time: 0 dav(s) 0 hour(s) 4 nunute(s)
Registered: Yes
PPPoE Link Up: disabled
NAT: detected NAT type 1s full cone
NAT Mapped IP: 241219835
NAT Mapped Port: 54060
Total Inbound Calls: 0
Total Outbound Calls: 0
Total Missed Calls: 0

Total Call Time (in
minutes):

Total SIP Message Sent: 5

Total SIP Message _
Received:

Total RTP Packet Sent: 0

Total RTP Packet
Received:
Total RTP Packet Loss: 0

Software Version

MAC Address The device I!D, in HEX format. This is very important ID for ISP
troubleshooting.

WAN IP Address This field shows WAN port IP address.

Product Model This field contains the product model info.
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Software Version

Program: This is the main software release. This number is always used for
firmware upgrade.

Bootloader: This is normally not changed.

HTML: This is the user interface, normally not changed.

VOC: This is the codec program, normally not changed.

System Uptime

This shows system up time since last reboot.

Registered

This shows whether the unit is registered to service provider’s server.

PPPOE Link Up

This shows whether the PPPOE is up if connected to DSL modem

NAT

This shows what kind NAT the VolP Client ATA is connected to via its WAN
port. It is based on STUN protocol.

NAT Mapped IP

WAN side public IP if connected to LAN of a SOHO router.

NAT Mapped Port

External port detected by STUN.

Statistical Status

Self explainable. Please refer to the page displayed.

3.2.3 Advanced User Configuration

To login to the Advanced User Configuration page, follow the instruction in section 3.2.1, they will lead

You to the following page:

(The password is case sensitive with a maximum length of 25 characters and the
factory default password for Advanced User is “admin”).

Password

Grandstream Device Configuration

Lo=gin

May 30, 2005
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Advanced User configuration page includes not only the end user configuration, but also some
advanced settings such as SIP configuration, Codec selection, NAT Traversal Setting and other
miscellaneous settings. Following is the screen shot of the Advanced configuration page.

Grandstream Device Configuration

Admin Password: | (purposely not displayed for security protection)
SIP Server: I it b i (e.g.. sip.mycompany.com. or IP address)
Outbound Proxy: | (e.g.. proxy.myprovider.com or IP address. if any)
Tear TN | 3125250
SIP User ID: | (the user part of an SIP address)
; : . | 3125250 . . .
Authenficate ID: I (can be identical to or different from SIP User ID)
Aunthenticate _ . .
sk (purposely not displayed for security protection)
Name: | (optional, e g.. John Doe)
Advanced Opfions:
Preferred Vocoder: i | current seiting is " PO j
(in listed a}‘a’gr) g q: | current 5e:tin.g is" F':CF.:M;' lJ
choire 3 J current setting is " G723" j
choire | current setting is " Gr2g" j
chiiras: ‘ current setting is " Gr2g-32" j
chbite I current setting is " Gr28" j
P | current setting is " iLBC” l]

G723 rate: L 6.3kbps encoding rate # 5.3kbps encoding rate
iLBC frame size: K& 2gme K 3pme
iLBC payload type: | 7 (between 96 and 127, default 1s 97)
Silence Suppression: |21 No e YVeg
Voice Frames per ] _ _ _ :
- i {up to 10/20/32/64 for G711/G726/G723/other codecs respectively)

Fax Mode: 5 T.38 (Auto Detect) L Pass-Through

Fl

Layer 3 Qos: # (Diff-Serv or Precedence value)
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Layer 2 QeS: 802 1Q/VLAN Tagl ; 802.1p priarit}'valuel S (1))
UseDNSSRV: B oy B ye

Lser ID is phone p;
number: & No = Yes
SIP Registration: G v B N

Unregister On
Reboot: & Yes L No
Register Expiration: | * (in minutes. default 1 hour, max 45 days)
EarlyDial: By L yeg (use "Yes" only 1f proxy supports 484 response)

Dial Plan Prefix: (this prefix stnng 15 added to each dialed number)
No Eey Entry
Timeout:

Use # as Dial Key: C No = Yes (if set to Yes, "#" will function as the "(Re-)Dial” key)
local SIP port: | ¥ (gefaylt 5060)

local RTP port: | 904 (1024-65535, default 5004)
Lse random port: [ No = Yes

I * (1n seconds, default 1s 4 seconds)

NAT Traversal: [ No

= Yes, STUN server 1s; | aalilitaiiaicatat el {(URI or IP:port)
keep-alive interval: | (in seconds. default 20 seconds)
Use NAT IP | (if specified. this IP address is used m SIP/SDP

message)

| (if specified, the content will appear mn Proxy-

Proxy-Require: :
Eequire header)

Firmware Upgrade: ] 122 I 188 | 1 30

L Via TFTP Server
O Via HTTP Server I
Antomatic HTTP Upgrade:
= No G Yes, check for upgrade E‘I..-'E'l'}f’] 7 days (default 7 days)

SUBSCRIBE for [5 No
MV

182.168.1.20

. do not send SUBSCRIBE for Message Waiting Indication
> Yes. send peniodical SUBSCRIBE for Message Waiting Indication

Offhook Auto-Dial- ] (User ID/extension to dial awtomatically when
’ ofthook)
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ERable G, | No L ves (if Yes, Call Forwarding & Call-Waiting-Disable are

Features: supported locally)
Disable Call-
Waiting: B £ = Yes

Send DIMF: B3 i andio B viarTP (RFC2833) B viaspNFO
DTMF Payioad [ g

Tipe:
Send Flash Event: B 155 [ yes (Flash will be sent as a DTMF event 1f set to Yes)
FXS Impedance: I current setting i * 800 Chm {North America) j
Caller ID Scheme: | current sefting s * Belore" :J
Onhook Voltage: | current setting s " 35V" :J

Polarity Reversal: L No e Yes (reverse polanty upon call establishment and ternunation)
NTP Server: | tmersteev (URI or IP address)

Send Anomymous: = No # Yez (caller ID will be blocked 1if set to Yes)
Lock keypad update: T 1y L3 yes (configuration update via keypad 1s disabled 1f set to Yes)

Syslog Server: | i

SJ'_'-'.‘.?GE LE‘L‘E;' | current setting s "INFO" :J

Cancel

Update | Reboot

Administrator password: Only the administrator can configure the “Advanced
Admin Password Settings” page. Password field is purposely left blank for security reasons after
clicking update and saved. The maximum password length is 25 characters.

This field contains the URI string or the IP address (and port, if different from
5060) of the SIP proxy server. e.g., the following are some valid examples:
sip.my-voip-provider.com, or Sip:my-company-sip-server.com, or
192.168.1.200:5066

SIP Server

This field contains the URI string or the IP address (and port, if different from
5060) of the outbound proxy. If there is no outbound proxy, this field
SHOULD be left blank. If not blank, all outgoing requests will be sent to this
outbound proxy.

Outbound Proxy
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SIP User ID This field contains the user part of the SIP address for this phone. e.g., if the
SIP address is: sip:my_user_id@my_provider.com, then the SIP User ID is:
my_user_id. Please do NOT include the preceding “sip:” scheme or the host
portion of the SIP address in this field.

SIP User ID User account information, provided by VolP service provider (ITSP), usually

has the digit form of a phone number (or is actually a phone number).

Authenticate ID

SIP service subscriber’s ID used for authentication. Can be
identical to or, different from SIP User ID.

Authenticate SIP service subscriber’s account password for GXP-2000 to register to (SIP)
Password servers of ITSP,

Name SIP service subscriber’s name which will be used for Caller ID display.
G723 Rate: This defines the encoding rate for G723 vocoder. By default, 6.3kbps rate is

chosen.

iLBC frame size

This defines the size of the iLBC codec frame. The default setting is 20ms.

iILBC payload type

This defines the iLBC payload type. The default setting is 97.

Preferred VVocoder

VolP Client ATA supports up to 7 different vocoder types including G711-ulaw
(PCMU), G711-alaw (PCMA), G723, G729A/B, G726-32 (ADPCM), G728,
and iLBC. Depending on the product model, some of these vocoders may not
be provided in a standard release.

A user can configure vocoders in a preference list that will be included with the
same preference order in SDP message. The first vocoder in this list can be
entered by choosing the appropriate option in “Choice 1”. Similarly, the last
vocoder in this list can be entered by choosing the appropriate option in
“Choice 7”.

Silence Suppression

This controls the silence suppression/\VVAD feature of G723 and G729. If set to
“Yes”, when a silence is detected, a small quantity of VAD packets (instead of
audio packets) will be sent during the period of no talking. If set to “No”, this
feature is disabled.

Layer 3 QoS This field defines the layer 3 QoS parameter which can be the value used for IP
Precedence or Diff-Serv. Default value is 48

Layer 2 QoS This setting includes two fields. The 802.1Q/VLAN Tag contains the value
used for layer 2 VLAN tag. Default setting is blank. And 802.1p priority value
contains the value of the priority value.

Use DNS SRV This parameter controls whether the IP phone supports the DNS SRV route

function.
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Voice Frames per
X

This field contains the number of voice frames to be transmitted in a single
packet. When setting this value, the user should be aware of the requested
packet time (used in SDP message) as a result of configuring this parameter.
This parameter is associated with the first vocoder in the above vocoder
Preference List or the actual used payload type negotiated between the 2
conversation parties at run time.

e.g., if the first vocoder is configured as G723 and the “Voice Frames per TX”
is set to be 2, then the “ptime” value in the SDP message of an INVITE request
will be 60ms because each G723 voice frame contains 30ms of audio.
Similarly, if this field is set to be 2 and if the first vocoder chosen is G729 or
G711 or G726, then the “ptime” value in the SDP message of an INVITE
request will be 20ms.

If the configured voice frames per TX exceeds the maximum allowed value, the
phone will use and save the maximum allowed value for the corresponding first
vocoder choice. The maximum value for PCM is 10(x10ms) frames; for G726,
it is 20 (x10ms) frames; for G723, it is 32 (x30ms) frames; for G729/G728, 64
(x10ms) and 64 (x2.5ms) frames respectively.

Fax Mode

T.38 (Auto Detect) FolP by default, or Pass-Through (must use codec
PCMU/PCMA)

User ID is phone
number

If the VoIP Client ATA has an assigned PSTN telephone number,
then this field will be set to “Yes”. Otherwise, set it to “No”. If
“Yes”, a “user=phone” parameter will be attached to the

“From” header in SIP request.

SIP Registration

This parameter controls whether the IP phone needs to send REGISTER
messages to the proxy server. The default setting is “Yes”.

Unregister On
Reboot

Default is No. If set to Yes, the SIP user’s registration information will be
cleared on reboot.

Registration

This parameter allows the user to specify the time frequency (in minutes) the

Expiration phone will refresh its registration with the specified registrar. The default
interval is 60 minutes (or 1 hour). The maximum interval is 65535 minutes
(about 45 days).

Early Dial This parameter controls whether the phone will attempt to send an early

INVITE each time a key is pressed when a user is dialing a number. If set to “Yes”,
an INVITE is sent using the dial-numbers collected so far; Otherwise, no

INVITE is sent until the “(Re-)Dial” button is pressed or after about 5 seconds
have elapsed if the user forgets to press the “(Re-)Dial” button.

The “Yes” option should be used ONLY if there is a SIP proxy configured and

the proxy server supports 484 Incomplete Address responses. Otherwise, the call
will most likely be rejected by the proxy (with a 404 Not Found error).

Please note that this feature is NOT designed to work with and should NOT be
enabled for direct IP-to-IP calling.
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Dial Plan Prefix

This value contains the dial plan prefix string (typically an ASCII numeric
string). If it is not blank, then this string will be used as a prefix to the target
URI string in the “To” header field of an INVITE message.

No Key Entry

Timeout Default is 4 seconds.

This parameter allows the user to configure the “#” key to be used as the
Use # as “Send”(or “Dial”) key. Once set to “Yes”, pressing this key will immediately
Send Key trigger the sending of the

dialed string collected so far. In this case, this key is
essentially equivalent to the “(Re)Dial” key. If set to “No”, this # key will then
be included as part of the dial string to be sent out.

Local SIP port

This parameter defines the local SIP port the IP phone will listen and transmit
on. The default value is 5060.

Local RTP port

This parameter defines the local RTP-RTCP port pair the IP phone will listen
and transmit on. It is the base RTP port for channel 0. When configured,
channel 0 will use this port value for RTP and the port_value+1 for its RTCP;
channel 1 will use port_value+2 for RTP and port_value+3 for its RTCP. The
default value is 5004.

Use Random Port

This parameter, when set to Yes, will force random generation of both the local
SIP and RTP ports. This is usually necessary when multiple IP phones are
behind the same NAT.

keep-alive interval

The VolIP Client ATA sends a UDP package to the SIP server periodically in
order to keep the port open on the router. This parameter defines the interval
time that HT286 send the UDP package. The default setting is 20 second.

Use NAT IP

NAT IP address used in SIP/SDP message. Default is blank.

Proxy-Require

SIP Extension to notify SIP server that the unit is behind the NAT/Firewall.

NAT Traversal

This parameter defines whether the phone NAT traversal mechanism will be
activated or not. If activated (by choosing “Yes”) and a STUN server is also
specified, then the phone will behave according to the STUN client
specification. Under this mode, the embedded STUN client inside the phone
will attempt to detect if and what type of firewall/NAT it is behind through
communication with the specified STUN server. If the detected NAT is a Full
Cone, Restricted Cone, or a Port-Restricted Cone, the phone will attempt to use
its mapped public IP address and port in all the SIP and SDP messages it sends
out.

If this field is set to “Yes” with no specified STUN server, then the phone will
periodically (every 20 seconds by default) send a blank UDP packet (with no
payload data) to the SIP server to keep the “hole” on the NAT open.

Firmware Upgrade

This radio button will enable VVolP Client ATA to download firmware or
configuration file through either TFTP or HTTP.
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Via TFTP Server

This is the IP address of the configured tftp server. If it is non-zero or not
blank, the IP phone will attempt to retrieve new configuration file or new code
image (update) from the specified tftp server at boot time. It will make up to 3
attempts before timeout and then it will start the boot process using the existing
code image in the Flash memory. If a tftp server is configured and a new code
image is retrieved, the new downloaded image will be verified and then saved
into the Flash memory.

Note: DO NOT interrupt the TFTP upgrade process (especially the power
supply) as this will damage the device. Depending on the network environment
this process can take up to 15 or 20 minutes.

Via HTTP Server

The URL for the HTTP server used for firmware upgrade and configuration via
HTTP. For example,
http://provisioning.mycompany.com:6688/Grandstream/1.0.5.16

Here “:6688” is the specific TCP port that the HTTP server is listening at, it can
be omitted if using default port 80.

Note: If Auto Upgrade is set to “No”, VoIP Client ATA will only do HTTP
download once - at boot up.

Automatic HTTP
Upgrade

Choose “Yes” to enable automatic HTTP upgrade and provisioning.

In “Check for new firmware every” field. Enter the number of days period.
VolIP Client ATA will check the HTTP server for firmware upgrade or
configuration after the defined number of days.

When set to “No”, VoIP Client ATA will only do HTTP upgrade once at boot

up.

SUBSCRIBE for
MWI

Default is “No”. When set to “Yes” a SUBSCRIBE for Message Waiting
Indication will be sent periodically.

Offhook
Auto-Dial

This parameter allows the user to configure a User ID or extension number to
be automatically dialed upon offhook. Please note that only the user part of a
SIP address needs to be entered here. The phone will automatically append the
“@” and the host portion of the corresponding SIP address.

Enable Call Feature

Default is No. If set to Yes, Call Forwarding & Do-Not-Disturb are supported

(locally).
Disable Call Default is No.
Waiting
Send DTMF This parameter controls the way DTMF events are transmitted. There are 3

ways: in audio which means DTMF is combined with the audio signal (not very
reliable with low-bit-rate codec), via RTP (RFC2833), or via SIP INFO.

DTMF Payload
Type

This parameter sets the payload type for DTMF using RFC2833
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This parameter allows the user to control whether to send an SIP NOTIFY
Send Flash Event message indicating the Flash event, or just to switch to the voice channel when
the user presses the Flash key.

FXS Impedance Selects the impedance of the analog telephone connected to the Phone port.

Select the Caller ID Scheme to suit the standard of different area.

* Bellcore (North America)

e ETSI-FSK (France, Germany, Norway, Taiwan, UK-CCA)
» ETSI-DTMF (Finland, Sweden)

* DTMF (Denmark)

Caller ID Scheme

Onhook Voltage Select the onhook voltage to suit different area or PBX.

Select Polarity Reversal to adapt some call charge/billing system. Default is

Polarity Reversal No.

This parameter defines the URI or IP address of the NTP server which the IP

NTP server phone will use to display the current date/time.

If this parameter is set to “Yes”, the “From” header in the outgoing INVITE
Send Anonymous message will be set to anonymous, essentially blocking the Caller ID from
being displayed.

Lock keypad If this parameter is set to “Yes”, the configuration update via keypad is
update disabled.

The IP address or URL of the System log server. This feature is especially useful

SHERY SRIET for ITSP (Internet Telephone Service Provider)
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Select the ATA to report the log level. Default is NONE. The level is one of
Syslog Level DEBUG, INFO, WARNING or ERROR. Syslog messages are sent based on
the following events:

« product model/version on boot up (INFO level)

« NAT related info (INFO level)

sent or received SIP message (DEBUG level)

SIP message summary (INFO level)
« inbound and outbound calls (INFO level)

« registration status change (INFO level)

negotiated codec (INFO level)

Ethernet link up (INFO level)
« SLIC chip exception (WARNING and ERROR levels)
« memory exception (ERROR level)

The Syslog uses USER facility. In addition to standard Syslog payload, it
contains the following components:

GS_LOG: [device MAC address][error code] error message
Here is an example:

May 19 02:40:38 192.168.1.14 GS_LOG: [00:0b:82:00:a1:be][000] Ethernet
link is up
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3.2.4 Saving the Configuration Changes

Once a change is made, the user should press the “Update” button in the Configuration Menu. The IP
phone will then display the following screen to confirm that the changes have been saved.

Grandstream Device Configuration

STATUS BASIC SETTINGS ADVANCED SETTINGS

Your configuration changes have been saved.
They will take effect on next reboot.

Users are recommended to power cycle the VOIP Client-488 after seeing the above message.

3.2.5 Rebooting the VolP Client ATA from a Remote Location

The administrator of the phone can remotely reboot the phone by pressing the “Reboot” button at the
bottom of the configuration menu. Once done, the following screen will be displayed to indicate that
rebooting is underway.

Grandstream Device Configuration

The device 1s rebooting now...
You mav relogin by clicking on the link below i 30 seconds.
Click to relogin

At this point, the user can relogin to the phone after waiting for about 30 seconds.
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4. Restoring Factory Default Settings

Warning !!!

Restoring the Factory Default Settings will DELETE all configuration information of the device.
Please backup or print out all the settings before attempting the following steps.

Please disconnect the network cable and power cycle the unit, before trying to reset the unit to factory
default. The steps are as follows:

« Step 1: Find the MAC Address of the device. The MAC address of the device is located at the
bottom of the device. It is a 12 digits hex’ number.

« Step 2: Encode the “MAC address to decimal” digits. Please use the following mapping:

0-9: 0-9
A: 22
B: 222
C: 2222
D: 33
E: 333
F: 3333

For example, for MAC address 000b8200e395, the
user encoding should be: “0002228200333395”.

« Step 3: Access the voice menu by pressing *** or the LED button, then dial “99” and get the
voice prompt “RESET”

« Step 4: Key in the encoded MAC address decimal digits after hearing the IVR prompt. Once the
correct encoded MAC address is entered, the device will reboot automatically and restore the
factory default settings.
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DISCOVERY &
telecorn 7

PYKOBO/ICTBO IIOJIb30BATEJIA IS HACTPOMKMH IILTFO3A
DTT Ingate2 V4.9-R2

VYerpoiictBo INGATE 2 npennazHadeHo [Uis epeaapeccaliy 3BOHKOB ¢ TeaeoHHbIX duHuil K GSM cersim 1 Hao6opot(‘CALL
ceru uepe3 THRU’ pexxum). B 3aBHCHMOCTH OT yCTaHOBICHHOTO TpeuKca OyAeT BBIIIOIHEH 3BOHOK K COOTBeTcTBYyrOLIeH GSM
npuHaiexainyto e SIM kapry. INGATE 2 moxer pabortars, kak nuto3 380HK0OB ¢ GSM cetn k PSTN, a Taxoke kak o3 ¢ GSM
cetn k PBX 1 Haobopor.

Bxopmsmue 3BoaKH ¢ PSTN MoryT aBToMarndeckn nepeaapecoBarbess K GSM ceTn k ipeaBapuTeI-HO yCTaHOBICHHOMY HOMEPY
win ipu otBete Ha LOCAL Line x mo6omy Habparnomy Homepy Ha LOCAL Line (‘FOLLOW ME’ pesxum). Jliist aTOr0 peskuma
TaKKe MOYKHO BbIOpaTh KommdecTBo 38B0HKOB Ha LOCAL Line, mociie KoTopbix OymeT aBToMaTHIecKast iepeaapecarus.

Bxopsmme ¢ GSM cetut 3BOHKH MOTYT ObITh aBTOMAaTHYECKH HAIPaBIIEHBI K onpezeaeHHoMy Homepy Ha PSTN wiu B pexume PBX
COE/IMHEHUS K OIPEeJICHHOMY BHYTPEHHEMY HOMEDY.

Bo3moskeH noBTOpHBIN BBI30B Apyroro Homepa Ha PSTN 6e3 paspsiBa cBsizu Ha GSM.

Joctyn k PSTN ¢ GSM cerut MoxeT ObITh yCTaHOBJIEH TOJBKO JUIsl TEX HOMEPOB, KOTOPbIE 3aHECEHBI B CIIUCOK JI0CTYIA U KOTOPBIM
pa3peléH JOCTyIL.

Jliist BxoaHbIX 3BOHKOB ¢ GSM cetn Moxker ObiTh ycraHoBieH pexxuM ‘CALLBACK’. Bri3o Oyzer Bo3BpalléH TOIBKO VIS TeX
BXOJHBIX 3BOHKOB, KOTOpbIC 3aHeceHbI B cicok ‘Callback’ u koTopbiM pa3peniéH B JaHHBII MOMEHT 3TOT PEXKUM.

BosBpar BbI30Ba MOXHO TaKkKe BBITOTHHUTE uepe3 SMS cooOlrenue.

JIist aBTOMATHYECKOM MHANKAIINK BXOAHBIX 3BOHKOB ¢ PSTN win ¢ GSM ceru nipenycmotpena renepartust CLI ma LOCAL Line.
Homepa BXOIHBIX 3BOHKOB C 9THX CETeH TakKe 0TOOpaKaroTCs Ha AUCILIEE.

st BapranTa moakirouerust K PBX (CO nopt) mosxer GbITh BIOpan cooTBeTcTByROmMil pexkum REVERSE POLARITY.

Ha6op Homepa k PSTN MoxeT ObITh B 000MX pEKUMaX, KaK B UMITYJIbCHOM, TaK B TOHAJIBHOM.

[Tay3a mocie mocnenHe HabpaHHOH M PHI HOMEpa U HadaJioM Habopa B COOTBETCTBYIOIIYIO CETh MOXKET OBITh M3MEHEHA /IS
y100CcTBa MOJIB30BaHUS.

Bce nmapamerpbl pexxuMoB pabOThl MOT'YT OBITh YCTaHOBJICHHBI C IOMOIIIBIO Ha0Opa TOHOB Ha 00bIYHOM TeledoHHOM anmnapare. Bee
yCTaHOBOYHBIE TIapaMeTpbl oToOpaxatorcst Ha LCD aucmiee, MOTYT ObITH M3MEHEHBI IIPOCTHIM HAOOPOM Ha Tell. alrapare, a 3aTeM
coxpaHeHbl. HaOpaHHbIe HOMepa NCXOSIINX 3BOHKOB M HOMepa BXOASIINX 3BOHKOB Takke oToopaxarorcst Ha LCD.

JlocTym K yCTaHOBOYHBIM ITapamMeTpaM BO3MOXKEH TOJIbKO Yepe3 BBOA kozaa (password). ToT Koz Hoyib30BaTesib MOXKET H3MEHHTh
WK COPOCUTH K NIEPBOHAYAIILHOMY 3HAYCHHIO.

OOHOBIIEHHE TPOTPAMMHOTO 00€CIIeUeHHsI YCTPOUCTBA MOKHO BEITONHUTH depe3 Comport PC ¢ moMompio COOTBETCTBYIOMINX
HPOTrPaMM.

st ynoOcTBa yCTaHOBKY U KOHTPOJIS IIapaMeTPOB YCTPOKUCTBA BCE YCTAHOBOYHBIE TAPAMETPHI CIPYIIIUPOBAHEI B YETHIPE IPYIIIIBI
C COOTBETCTBYIOIINM HOMEPOM MEHIO.
I'pynna 1. Ycranoeka napamerpos s LOCAL Line:
IMpedukcer ans SIM kapt ( Prefixes)
IMay3a Ber3oBa (Dial Pause)
I'enepanms CLI (CID)
V3MeHeHue MOJSIPHOCTH Ha JIMHUU

I'pynna 2. YcranoBka napametpos st GSM cetn:
Hoctyn k PSTN ¢ GSM cetn (¢pyuxuus ‘CALL THRU”)
[ToBTOpHBIIT BEI3OB O0€3 0TO0st GSM
Criucok HomepoB GSM, koropbiM paspeuiéH noctyn k PSTN
Oynkuus ‘CALLBACK’

I'pynna 3. Ycranoska napamerpos aas PSTN ( Landline):
Hoctyn k GSM certu ¢ PSTN (¢yukuus “CALL THRU”)
[Mapametpsr “FOLLOW ME” pexuma
Tumn Habopa Homepa Ha PSTN

VYcranoBka County Code(7) n National Direct Dialing (8)

I'pynna 4. YcraHoBKa mapaMeTpoB IS yCTPOHCTBA:
W3menenne mapois s BX0Ja B MEHIO
VYcranoska PIN koma st SIM kapt
OGHOBIIEHHE TPOTPAMMHOTO 00€CTICUSHHSI



Jst yCTaHOBKH MTAPaMETPOB MbI JOJKHBI IOAKITIOYNATH TeneoHHbIH ammapart K pazbémy RJ-11 LOCAL Line . Teredon nomken
OBITH YCTaHOBJIEH B TOHOBOM pexuMe Habopa. Mbl mogHnMaeM TpyOKy 1 CIBIIIUM TOH Habopa, a Ha JUCIUIeH 0TOOpakeHa ClieTyronas
nHpopManys:

Dial: LOCAL LINE

I[H;I BXOa B pe)KI/IM yCTaHOBKI/I MBI Ha61/1paeM ## W CJIBIIIIUM ABa KOpOTKI/IX TOHAJIBHBIX CUT'HAJIa, HA JUCIJICU BUIUM.
Enter Password

Mpe1 Habupaem mapois ( o ymoaganuro:0000) u 3aBepiiaeM BBOJI MApoIIs HAKATHEM KHOIIKH #.
Ecnu maposb 6501 HaOpaH MPaBHIIBHO, TO MBI CIBIIIMM JBa KOPOTKHX CHUTHAJA M YCTPOWCTBO MEPEXOIHT B PEKUAM YCTAHOBKH
napameTpoB. Eciii maposib ObUT BBEJCH HEBEPHO, TO MBI CIBIIIMM TOH OTOOS, a AUCIUICH MOKAXKET:
Invalid Password

MBI TOIKHBI TTOJIOXKUT TPYyOKY M MOBTOPUTH CHAvana.

[Tocne nmpaBuiIbHOTO BBO/AA MAPOJIS AUCIUIEN MTOKAXKET:
Menu #1.0
LOCAL NETWORK
Hakumast Ha KHOTIKY *, MBI MO>KEM JIBHTATHCS IO MEHIO OT OJJHOW TPYIIIBI K APYTOH.

Menu #1.0

LOCAL NETWORK
Menu # 2.0

GSM NETWORK

Menu # 3.0

LANDLINE NETWORK
Menu # 4.0

GATEWAY

Br160op HEOOXOIMMOH TPYIITEI MBI OATBEPIKIAaeM HAKaTHEM Ha KHOIKY # M YCTPOWCTBO IEPEXOJHUT B MEHIO 3TOU IPYIIIIEL.

Bbixoz n3 0osiee HU3KOrO MEHIO B BEpXHEE Mbl MOJKEM BBITIOJIHUTH HaxkaB KHONKY FLASH uiin KpaTkoBpeMeHHO Ha)KaB Ha phlyar
ten. armapara ( He 6omee yeMm Ha ~ 1 cekyHIy).

B KaXXJ10M MCHIO IMMapaMETPOB Mbl MOXKEM IMPOCMOTPETH paHEC YCTAHOBJICHHBIC 3HAYCHUS, UCIIOJIb3Yysl KHOIIKA #,
7,8,9 [u1st CKpOJUTMHTA BHU3 WITH KHOTIKK 1,2,3 17151 CKPOJLIMHTa BBEPX, €CITH 3TH MapaMeTphl COlepkarh 6osee 0JJHOT0 3HaUeHUSI (
Harp. MBI MOKEM yCTaHOBHTH MakcumyM 32 mpedukca). [lepexom OT CKpOJUTHHTA K BBOAY HITH H3MEHEHHIO, BUIUMOTO B JaHHBIN
MOMEHT I1apaMeTpa, MbI JieJlaéM Ha)kaTHeM KHONKHY *. Ecii mapameTp MHUTaeT, To ero MO>KHO M3MEHHTh HaOOpOM HOBOTO 3HAYEHHS
WK COPOCHUTB, yIaIUTh HAXKAaB KHOIKY *, a 3aTeM HaOpaTh HOBOE 3HAYCHHE.
[Mapamerpsl, He nudpoporo 3naueHus ( ‘enable/disable’ wim ‘ON/OFF’), u3meHstoTCs Ha)kaTHeM KHOMKHU *. BBO J1I000ro HOBOro
3HAYCHU I1apamMeTpa 3aBeplIacTcsl HaKaTHeM KHOIIKK # M YCTaHOBKa IIEPEXOAUT K CICAYIOLIeMY IapaMeTpy.

Jlnst BBIXOZIa U3 YCTAHOBKHU U COXPAHEHUsI IAPAMETPOB B MAMSATH MBI JIOJDKBI ITOJOKHUTh TPYOKY Ha TeJe()OHHOM arlmapare.

Ecmu B pexknMe yCTaHOBKH ITapaMeTpoB HET BBoJa OolbIre 25 ceKyHI yCcTpoiicTBo mepexo B pexkuM ‘BUSY Tone’ u Ha mucree
MBI BuauM coobmrerne ‘Long time not is of the entering “. TTocie 3Toro A7t yCTAHOBKY TTAPAMETPOB MBI JTOJDKHBI BOWTH B 3TOT PEXKUAM
CHOBA.



1.0 Memnro #1.0. YcranoBka napametrpon 1 LOCAL LINE

3TO MECHIO COCTOUT U3 HECKOJIbKHUX IIOAMEHIO.
Menwo #1.1: Prefixes for SIM
Menrw #1.2: Dial Pause
Menrw #1.3: Generation CLI.
Menro #1.4: Reverse Polarity

[Iepexon OT 0AHOTO MOIMEHIO K JPYTOMY HaXKaTHeM KHOIKK *, a BEIOOp HEOOXOIMMOTO ITOAMEHIO HAXKAaTHEM KHOIIKH #.
1.1 Menrw #1.1. Yemanoexa npeghuxcos

B aTOM MeHI0 MBI OKHBI ycTaHoBUTH npedukcsl it SIM. Tlo npedukcy Oyner Beiouparbes Ta SIM kapta, depes KOTopyro
Oyzer caenaH 3BOHOK K cooTBeTcTBYIomEe GSM cern.

Jlyist yCTaHOBKHM MJIM M3MEHEHUS NpeduKca Mbl TOJDKHBI ¢ TIOMOIIBIO KHOTIOK CKPOJUIMHIAa BBIOpATh HEOOXOIUMBINA TOPSAKOBBIN
HOMep npedukca, a 3aTeM HakaTh KHONKY *. VI3aMeHseMblil mapameTp OyeT MUTaTh.

J171s1 3TOr0 MEHIO MBI IMEEM CIIEAYIONIYI0 HHPOPMALMIO Ha TUCIUICe:
#nn for SIM:s

Prefix : ppppppp

NN- opsAAKOBEIA HOMeD npedukca (Make. 32) e,
s- momep SIM kaptseri ( 1, 2 winu X)
PPPPPPP- mpedukc ms qanuoi SIM kapTei( Makc. 7 mudp)

Homep SIM kaptel Mbl ycTaHaBiauBaeM HabopoM nudps 1 winu 2, a 3aTeM HaxxumaeM KHonKy #. /ljist yaaneHue naHHOTO npedukca
U3 CIIMCKa MBI MOJKeM cOpocuts HoMep SIM KapThl HakaB KHONIKK * 1 #, BMECTO HOMepa KapThl OyJeT cuMBOJ ‘X’ ¥ TOTJia 9TOT
npeduKc He Oy/eT aHaIM3UPOBaThCs JUIsl BbIOOpa HeoOxoaumoi SIM kaptsl. [Tocie ycranoBku Homepa SIM kaptel, npedukc Oyner
MHTraTh ¥ Mbl MOXKEM €r0 H3MEHUTh, COPOCHUTH NUCIIOJIB3YsI KHOIIKY LU(P WX KHONKY * MM OCTaBUTh O0€3 M3MEHEHUS [TPOCTO HaXKaB
KHOTIKY #. [lociie ycTaHOBKH ouepeHOro npeprKca Mbl MOXKEM CAENATh YCTAaHOBKY Ul CIIEAYIOIIEro mperKca Wi BEIOPATh
npeduKe ¢ IPYruM NOPSAKOBEIM HOMEPOM, HCIOJIB3YI0 KHOIIKH CKPOJUIMHIA U KHOIIKY *.

Jls BEIXOMa M3 3TOTO MEHIO HE00X0IMMO HaXkaTh KHONKYy ‘FLASH’.

[Tpumep.

SIM 1 3to SIM kapta cetu MTC (npedukce: 8916 mis penepanbHbIX HOMEPOB MK 723 AJIsI IPSIMBIX)

SIM 2 510 SIM kapra cetnt BUJIAMH (mpedpukc: 8903).

st Toro, ytoObl HOMepa 8916-xXxxXXx mwin 723-XXXXXX BbI3bIBaUCh Yepe3 SIM1, a Homepa 8903-xxxxxxx uepe3 SIM2, b
JIOJDKHBI YCTAHOBHTH CIIEIYIOIINE ITapaMeTphI sl IPe(UKCOB!

Juist npepukca Homep 1: SIM1, mpeduxc: 8916, nis npedurca Homep 2: SIM1, npedukc: 723

qutst mpepukca Homep 3; SIM2, npeduxc: 8903.

1.2 Menrw #1.2 Ycmanoeka nayswl 01 Habopa

DTOT napamerp yCTaHABIUBACT May3y MEXIy MocjeqHell HabpaHoii n(poii BbI3bIBAEMOro HOMEpa M Ha4yajoM BbI30Ba K
COOTBeTCTBYIOLIEH ceTh. [To yMom4aHuio 3TO 3HaUe€HHE PaBHO 5 CeKyHaM, T.e. €ciu 1ocie Habopa oyepeHoit udpsl HoMepa
BTEUCHUH 5 CEKYH/I HEeT JIaIbHEHIIIero BBO/IA, TO OyJIET C/ieNiaH BbI30B HabpaHHOTro HoMepa. [locie BXxoa B MEHIO, TeKylllee 3HaYeHHe
nay3sl Habopa moaAMUruBaet. st yCTaHOBKY 3HAUYEHHsT B MUHUMaTbHYIO BerunHy (0.5 ceKyHIbI) MBI JOJDKHBI HaKaTh KHOIIKY *, a
3areM ¢ oMoIIbI0 KHonku 0 BEIOpaTh HEOOXOJMMOE 3HAUCHHE U HaxaTh KHOMKY #. [llar usmenenus storo napamerpa 0.5 cek., T.e.
MOTyT OBITh BBIOpaHb! cieaytontue 3uauenus: 0.5, 1, 1.5, 2,25, 3,3.5,4,4.5, 5.

1.3 Menrw #1.3 Yemanoeka zenepayuu CLI

B atom MeHI0 MBI MOkeM paspernts win 3arnpetuTh (ON/OFF) reneparmro CLI na Local Line mist Bxoausix 380HK0B ¢ PSTN wimn
GSM cerw, a Takxe BbiOpars Meton renepartu CLI ( Bellcore, V.23 winm British Telecom).

[Mpumeuanue. [ nporpammHuoro obecreuenus R2.0 peanusosan Toasko metos Bellcore.
1.4 Menio #1.4 Yemanoexa Reverse Polarity

B cayuae nomxmouenus k Local Line oducHoit ATC (PBX ,CO mopt) Mbl MOXeM BeIOpatTh pexum ‘reverse polarity’. Eciau PBX
MOAJCPKHUBACT PEXKKUM PabOThI ¢ ‘AnSwer Supervision’, To Mbl MOXeM YCTaHOBUTH HeoOXomuMbIi ‘Reverse Polarity’ pexxum mns
NPaBWILHOM CUTHAJIM3ALIUH.

Texymuii ycTaHOBICHHBIN PEXUM Oy/IET MOJMUTHUBATh. J[JIsl CKPOJUTMHIa UCTIONB3YEeTCsl KHOMKA #, a /ISl yCTAaHOBUKK HOBOT'O
peXnMa TeKyIIUM KHOTKa *. Brrxox u3 atoro MeHto kHomkoit ‘FLASH’.

st ciywas moakirouenus k Local Line tenedonHOro anmapara 3TOT mapaMeTp He akTyaeH.



2.0 Menio # 2.0 YcranoBka mapamerpos 1iast GSM cern / nist GW49R2S2-101005/

DTO MEHIO COJIEPKUT YETHIPE TOJAMEHIO.
Memto #2.1: Ycranoska napamerpos ‘CALLTHRU’
Memto #2.2: YcraHOBKa pexrMa IOBTOPHOTO BBI30Ba
Memnro #2.3: Ycranoska pexxuma ‘CALLBACK’
Menro #2.4: YcraHOBKaA IMapaMeTpoB ciiiucka HomepoB GSM
Menro #2.5: Ycranoka HomepoB GSM B crimicke

2.1 Menio # 2.1 Yemanoexa napamempos ‘CALLTHRU’

B aToM MeHIo MbI MoxeM BbIOpaTh pesxuM padotsl INGATE 2 st Bxoaubix 380HKOB ¢ GSM ceru. Ecnu pexxum ‘CALLTHRU’
ObLT pa3peliieH, T0 BXOIHbIN 3B0HOK ¢ GSM ceTH ( MM TOJBKO COTIIACHO CMUCKY, YCTAHOBKA B MEHIO #2.2) MOMYYHUT aBTOMATHYCCKHUIHA
OTBET U 3BOHSLIMI aOOHEHT YCIBIIUT TOH Habopa. [Tocie 3Toro oH J0JnkeH HabpaTh HOMEpP BbI30Ba, KOTOPBIH OH XOYET CACNATh Yepe3
PSTN. Paspemenue uiu 3ampet (enable/disable) pexxuma “CALLTHRU’ nporcxoaut HakaTHEeM KHOIIKH *, a BBOJ HOBOTO 3HAYCHUS
KHOTIKOM #.

Bropoii mapametp 3TOT0 MEHIO OTpeenseT HoMep aBToMaTideckoro Habopa k PSTN. Eciu 3ToT HOMEp OBLT YCTaHOBIIEH, TO
ABTOMATHYECKU OYET CIeNlaH 3BOHOK K ATOMY HOMEPY. DTOT IapaMeTp akTyalieH uis ciaydas noakmoueHns INGATE 2 k PBX (
PSTN passém noaxmouén k Extension Line PBX), Torna Bce Bxoausie 3souku ¢ GSM cetn (‘callthru’ peskum paspemén) 6ymyt
HEPEHANpPAaBILITECS K OIPEACICHHOMY BHYTPEHHEMY HOMepy (Harp. cekperapro). BBox Homepa nenaem HabopoM HU(POBBIX KHOIOK a
HOATBEPIKICHNE BBOAA KHONKOH #. COpoc HelpaBUIIbHOTO HAOOpa WM YAAJICHNE PaHHEe YCTaHOBJICHHOTO HOMEpa JeJlaeM HaKaTHeM
KHOTIKK *.

2.2 Mento # 2.2 Ycmanoka pexcuma no6mopHozo 6vi306d

Pa3perieHre MOBTOPHOTO BBI30BA MO3BOJISAET JeaTh HOBBIH 3BOHOK B pexxume ‘CALLTHRU’ 6e3 orbost pasroBopa Ha GSM ceru.
Jlyist i3MeHeHust 3HaUeHMs TapaMeTpa Mbl HA)KMMaeM KHOIIKY * ¥ JJIsl 3aBepLISHHsI BBOJIA KHOIIKY #.

23 Menio # 23 Yemanoexa napamempos pescuma ‘CALLBACK’

IMapameTphl 3TOr0 MEHIO MO3BOJISIOT YCTAHOBUTE peskuM paboTsl ‘Callback’, ycranoBuTh THIT CeTH, Yepes KOTOPYIo
OyzeT BO3BpalIEH BBI30B . [locie BXxoa B MEHIO Ha JUCIUIee IpecTaBiIeHa cleayomas HHpOpMaLus:

CALLBACK: S
via: T
S- craryc pexkuma (enable/disable)  rre,
T- tun cetu ais Bo3sparta Bb3oBa (GSM wu PSTN)

[Mo3uumst cTaTyca MUTaeT U Mbl MOJKEM H3MEHUTh COCTOSIHUE PEXUMa Ha 00paTHOe, HaxkaB KHONIKY *. Eciiu Oblia HaxaTa KHOMKa #,
TO PEKUM HE U3MEHHUTCSI U BBOJ| IEPEHIET K MO3UIIMHU THIT CETH, KOTOPOst OyaeT Murath. Haxkumasi Ha KHOIIKY *, Mbl MOXKEM H3MEHHTb
THII CETH JUTSl BO3BpaTa BhI30Ba. Y CTAHOBKA 3aBEPIIACTCS HAKATUEM KHOIKH #.

Crnenyroree mapaMeTp JaHHOTO MEHIO mo3BaiseT ycTaHoBUTH pexxuM ‘CALLBACK’ gepe3 SMS coobmenue. [Ipu nomyueHnn
cooTBeTcTBYyOIMEro SMS coolrmieHus1, yCTpOHCTBO CIETaeT BRI30B K HOMEPY, OT KOTOporo mpuiuio qanaoe SMS coobmenue. 3tot
HOMeEp JOJKEH OBITh B CIIMCKE HOMEPOB U C pa3penieHHsIM mapamerpom ‘callback’.

dopmar TekcToBoro cooduienus s BoinonHenus: ‘CALLBACK’ Oyner cnenyromnmii:

Callback.nnnnnnnnnn
-rme, NNNN- HoMep, K KOTOpoMy OyJIeT cienaH Bb30B B pexknume ‘callback’

2.4 Menrw # 2.4 Ycmanoexka napamempa cnucka Homepos

B sToM MeHI0 MBI ycTaHaBimBaeM pexxuM goctyna K PSTN nuxun no crimcky winu Het. [yt u3MEHEeHUs mapamMeTpa Mbl JJOJDKHEI
HaOpaTh * W moATBEpANTH BBOJ HaxkaTHeM #. [lociie BBosia # MBI cpa3y nepenieM B pesKHM YCTaHOBKH CITMCKa HOMEPOB, MEHIO 2.5,

2.5 Menro # 2.5 Yemanoeka cnucka nomepoe GSM oais pesrcumomos ‘CALLTHRU’ u ‘CALLBACK’

Pexxum ‘CALLTHRU’ moxer pabotats u B pexxume GSM HOMEpOB, KOTOPBIM pasperieHo umeth goctyr k PSTN ( atot mapamerp
ycraHaBinuBaercst B MeHro 2.4). st atoro cozaaercs crrcok GSM Homepos. BxoHoit 380H0K ¢ GSM ceT ¢ HOMEpOM, KOTOPBIit
3aHECCH B CIIMCOK M KOTOPOMY Pa3pellieH T0CTYII, Moay4uT noctyn K PSTN, a 3B0HOK He U3 cnvcka OyeT 3akpbiTh. [1Jis YCTAaHOBKU
rapaMeTpOB CIHMCKa MbI JOJDKHBI BOWTH B 3TO MeHI0. [1epBblit akpaH Oyzer:

Tel. numbers List
key: *-Add, #- Edit

Ecnu Mb1 x0THM 100aBUTH HOBBIH GSM HOMEp, TO MBI HAXKUMaeM KHOMKY *. CieyIomuii HOpsIKOBbI HOMEp TesieOHHOTO
HOMepa B CIHCKe OyJIeT yCTaHOBJIEH Ha cBOOOIHBIM. ECiin Mbl HaXKMMaeM KHOMKY #, TO MOPSIIKOBbIH HOMep OyIeT MePBhIN U ¢
MOMOIIIBIO CKPOJUTHHTA MBI MOYKEM HAMTH HE 3aHATHIN MOPSIKOBbIN HOMEp. J{J1si NU3MEHEHHUs TapaMeTPOB CITUCKA BBIOPAHHOTO
MOPSIIKOBOTO HOMEPA Mbl HAXKUMAEM KHOIKY * ¥ U3MEHSAEMBbIil TapaMeTp OyJeT MUTATh.



nnnnnnnnnnnn
#01/PSTN: x:CLB-z
nnnnnn- GSM Homep, eciu X, TO HOMep He TPUCYTCTBYeT (CBOOOHBIN)  Tiie,
#01- mopsAKOBBII HOMED B CITHCKE
X-Y (Yes) wiu N (No),paspewién wm 3anpewén goctyn kK PSTN nanHomy GSM HOMepy.
Z- Y (Yes) umu N (No), paspermén wmu 3anpemén peskum ‘Callback’ mst narroro GSM Homepa.

Jlnst ynaseHust HoMepa Mbl HaKMMaeM KHOTIKY *, a JIsl i3MEHEHHs HoMepa MPOCTO HabupaeM HOBBIM HoMep. JIJist CTHpaHust
HETpaBWIbHO HAOPAaHHOTO HOMEpa Ha)KMMaeM KHOIIKY * ¥ CHOBa HabupaeM HOMep, BBOJ 3aBeplraeM HaxkatneM KHomku #. [locie
3TOTO MBI MOYKEM YCTAaHOBHUTB IOCTYI Jutst 3T0r0 GSM HOMepa. Haxxumast KHOTIKY *, MBI MOXKEM U3MEHSITh cTatyc st 3toro GSM
HOMepa (paspelars Wi 3anpenath octyi). Haxarrem kHonky #, MbI 3aBepinaeM yctaHoBKy mapamerpos ‘Call thru’ mis mansoro
GSM Homepa u fajee Ml MOXeM yctanoBuTh pexxum ‘Call back’ mst aToro sxe Homepa. BBoj 3TOr0 pexxrma Mbl 3aBepiiaem
Ha)KaTHEM KHOTIKH ‘#’ ¥ Ha TUCIUICH OyJeT 0TOOpaKaThCs MH(POPMALIUS ISl CICIYIONIETO MOPSAIKOBOIO HOMEpa B CITHUCKE.

3.0 Menio # 3.0 Ycranoska napamerpos aias PSTN (Landline)

JlaHHOE MEHIO COCTOUT U3 TPEX MOMEHIO!
Memnro #3.1. Pexxnm ‘CALL THRU’ ms PSTN
Memnro #3.2. [Tapamerpsr ‘FOLLOW ME’ pexuma
Menro #3.3. Beibop tumna mabopa va PSTN
Memnro #3.4. Ycranoska County Code(7) n National Direct Dialing (8)

3.1 Mento # 3.1 Yemanoska pesrcuma ‘CALL THRU’

B manHOM MEHIO MBI pa3peliiaeM win 3amnpeiaem 1octyn k GSM cetu npu Bxonubix 380oHKax ¢ Landline. Ecnu noctyn k GSM cetu
pasperen ( ycranoBierHo ‘enable’) , o BxoaHoi 380HOK ¢ PSTN nonyuut aBromMatiueckuii OTBeT u Bhi3biBatoiuii Ha PSTN
yCIBIIKT TOH Habopa. [Tocie 3toro on MoxeT Habpate GSM HoMmep Ha TenedoHHOM ammnapaTe ( TOJIbKO B TOHAIBHOM Habope !) u
B3aBUCHMOCTH OT paHee YCTaHOBJIEHHBIX NMPe(UKCOB YCTPOHCTBO cenaeT Bb30B K Heooxoaumoit GSM cern. Ecun ‘CALL THRU’
pexuM 3ampenién, To Bee BxoaubIe 3B0HKN ¢ PSTN OynyT nepenanpasnstecs k Local Line. 3meHenue cratyca 3TOro pexxnma
AQHAJIOTHYHO, KaK B IPYTHX MEHIO.

3.2 Menio # 3.2 Yemanoexa napamempos ‘FOLLOW ME’

B atom nmoameHo Mbl yetaHaBmuBaeM rapametpsl st ‘FOLLOW ME’ pexuma. Oto — paspemmts/3anperuts ‘follow me’,
KOJIMYECTBO 3BOHKOB Ha Local Line, mocie koTopsix OyaeT mepeHanpasieH BbI30B, a Takke GSM HoMmep, kK KoTopomy Oyer
nepenanpasierue. Eciu 9ToT pexum paspeineH, a GSM HOMep He yCTaHOBIIEH, TO BXOHOM BbI30B OyjeT oTrnpasieH k Local Line.
Ecnu xonmuecTBO 3BOHKOB ycTaHOBJIEHO paBHEIM 0, TO nepeHanpasiieHre OyIeT BBIOIHEHO cpasy Uil BXOJHOro Bbi3oBa ¢ PSTN.
Ecnu 310 3HaueHue ycranoBneHo 1-:-9. To cHavaso Oyzer cnenanHo 1-:-9 3BonkoB Ha Local Line u eciiu Bo BpeMst 3BOHKOB He ObLIO
oteera Ha Local Line, To mocie 3Toro konm4yecTBa 3BOHKOB BbI30B Oy et nepeHanpasieH kK GSM ceru.

3.3 Menio # 3.3 Yemanoexa muna nabopa nomepa k PSTN

DTO MOAMEHIO TpeIHa3HAYEHO 11 BhIOOpa Triia Habopa Homepa kK PSTN. B 3asucumocTr ot Bua Habopa Homepa Ha Landline B
PEeKHME TOHOBBIH WIIM UMITYJIbCHBIH PEXKKUM, MBI MOXKEM YCTAaHOBHUTH THI HA0Opa B COOTBETCBUH C TPEOOBAHUSAMH. Y CTAHOBKA
rapameTpa OCYILECTBIISIETCS aHAIOTUYHO KakK B IPYTHX MEHIO.

3.4 Menro # 3.4 Ycmanoeka County Code (7) u National Direct Dialing (8)

370 NOAMEHIO npeAHa3HaYeHo 11 BepHoit paboTel CALL BACK. Yacto HOMepa, KOTOPBIiT ONpeaesseTcs i 10 KOTOPOMY HY>KHO BEpHYTh 3BOHOK, HE COBITAJIAIOT 10
psny nepBbix 1udp. I MX KOPPEKIHU i HEOOXOANM AAHHBI ITyHKT MEHIO.

4.0 Menio # 4.0 YcraHOBKA napaMeTpPoOB YCTPOHCTBA

JlaHHOE MEHIO COJICPIKUT MapaMeTPbl OTHOCSIIMECS K yCTPOUCTBY. B 3TOM MEHIO MBI MOXKEM U3MEHUTH MApOJib, yCTaHOBUTH PIN
koxb! st SIM kapT a Takke mepeBecTH YCTPOMCTBO B PEXKUM OOHOBIICHHS MTPOTPAMMHOTO 00ECTICUCHHSI.

J1yist i3MEHEHUsI apoJisi BXO/1a B PEXKHM YCTAHOBKH MbI JIOJDKHBI BOMTH B 3TO MEHIO U BBECTH HOBBIH 11apoJib. [1aposb cocTouT u3
geThIpex udp (3HaueHne no ymonganuro pasuo:0000).

Ecnu SIM kapta Oyner padotats ¢ ycraHoBineHHbIM PIN xo70M, TO MbI MOxeM ycTaHoBUTb PIN koj muist atoit SIM kapTsl s
noaTBepxaeHus nosHoMounit. PIN ko Mosxer copepxkats ot 4 1o 8 undp.

I[J'IH O6HOBZ[CHI/IH mporpaMmbl Mbl MOXKEM BOWTHU B COOTBETCTBYIOIIEC NOAMEHIO, BBECTH KO JJIA O6HOBHeHl/lH u yCTpOﬁCTBO
nepeieT B pexxuM 0OHOBIIEHHUS TporpaMmbl uepe3 COMpPOort koMreoTepa Moj yIpaBieHHeM COOTBETCTBYIOIIUX IIPOTPAMM.

5.0 Menio # 5.0 YcranoBka napameTpoB i1 ynpasJieHust yepe3 SMS



B aTOM MEHIO MBI MOXEM YCTaHOBUTH HEOOXOANMBIE MTapaMeTpsl st yripasieHus crruckoM GSM HomepoB uepe3 SMS.
C nomoiirbio nepenaur SMS K ycTpoHCTBY MBI MOKEM JI00aBUTh HOBBIN HOMED B CIIUCOK, YIAIUTh U3 CITUCKA WM U3MCHHUTH
napaMeTphl I0CTyIa.

YnpasieHne cickoM MOXHO MPOU3BOAUTH C JIFOOOT0 WM OIIPEAETIEHHOT0 COTOBOTO alapaTa, B 3aBUCHMOCTH OT YCTaHOBJIEHHBIX
IapamMeTpoB B 3TOM MEHIO.

M3MeHeHre Crucka HOMEPOB BO3MOKHO TOJIBKO 4epe3 KOJ| IOCTYIIA, COAEPKAIIUN 10 BOChMHU HHUQD.

Takske Mbl MOXKEM YCTAHOBHUTH HJIM 3AIPETUTh PEXKUM OTBeTa 4depe3 SMS o BBIMONHEHNH TEKYIICH ONepaliy 0 H3MEHEHHUIO CITHCKa
HOMEPOB.

JocTym K 3TOMy MEHIO BO3MOXEH TOJIBKO 4epe3 JAOMOIHUTENBHbIH Hapoib.

dopmaT TEKCTOBOTO COOOLIECHHUS U1 JOOABIEHUsI HOMEpa WIIM H3MEHEHHsI IapaMeTPOB HOMEpa B CITHCKE CJIETYIOIIH:
12345678.Add.nnnnnnnnnnnnnnn .P.C
-tae, 12345678 — kox moctyna K crmucky ( o ymonuanuro paBen 12345678, makcumym 10 8 1udp)

- Add, ci10BO xOMaHIbI

- NNN, HOMep, KOTOPBIH MBI J0OABJISIEM WITH AJIs KOTOPOro MeHsieM mapamerpsl(MakeMyM 10 16 uudp, cm.i. 2.5)
- P, paBHo Y miu N, paspemuts wiu 3anpetuts goctyn k PSTN nanHomy Homepy ( cm. 1. 2.5)

- C, pasno Y mmm N, paspemuts win 3anpetuts pexkum ‘CALLBACK’ mannomy Homepy ( cM. 1. 2.5)

SMS coobmenne aiis yaaneHus HOMepa U3 CIIHCKa OyIeT TaKiM:

12345678.Clr.nnnnnnnnnnnnnn.

Ecnu pexxuM ynpaBiieHHs CIIUCKOM YCTaHOBJICH C HOATBepxkIeHueM SMS, To nocie npuHATHs SMS 1 BBINOJIHEHUS KOMaHbI
COTOBBIH anmapar, ¢ KOTOpPOro ObUIO OTIpPaBiIeHO AaHHOe SMS, momyunTs oTBeT BBUIE SMS 0 pesynbrare BHIIOIHEHUS JaHHOH
KOMaHIbI.

[TapameTpsI AJ1s1 JAHHOTO MEHIO YCTAaHABJIMBAIOTCSl aHAIOTHYHO, KaK OMMCAHO BBIILE.



5.0 Bapuantel nogkiaouenus INGATE 2 k Landline, GSM ceru, PBX u pagoTa B pa3an4yHbIX KOHQUTypaUsX.

5.1 INGATE 2 PSTN/GSM

5.1.1 Configuration 1.1

GSM Network1

- 8916 (MTC ) oromi
Tenedon A
8916-XXXXX 123
456
789
*0#
=
RJ-11
Landline Parameter: | PSTN GSM
1. ‘Follow me’ ~-OFF Module
2. Access to GSM-disables
3. Pulse mode CoroBblii
LCD SiM1 GSM Parameter: Terepou B | 123
1. Access to PSTN- disables 8903-xxxxx | 456
SIM2 2 Call back- disables 7 gi
RJ-11
LOCAL
A
Local Line Parameter: \ 4

1. Prefix 1- SIM1, 8916 (MTC)
Prefix 2- SIM2, 8903(BUJIAITH)

2. Dial Pause- 5 sec

3. CLI- enables

4. Reverse Pol- disables

Tenedounsiii ammapar (TA)

123 . -
TonanbHbIi pesxuM Habopa

456
789
*0#

Puc. 1

Buwixoonwie seonxu ¢ Local Line.
1. Berxomuoii 38080k kK PSTN.

IMons3oBarens Ha TA Habupaet HoMep nmpuHaIeKammii Landline cetu, ¢ mpedukcoM He BXOAAMINM B CIIHCOK npedpukcoB GSM
cereit. [Tocie okonuanus Habopa, gepes 5 cexyun ( mapametp Local Line) ycrpoiictBo aBromarnuecku moaxirountcst K PSTN u
crmenmaet HabOp 3TOr0 HOMEpa B MysibcoBoM peskume (rmapamerp Landline) u mocie storo ATC caenaet BbI30B HEOOXOIMMOTO
aboHeHTa.

2. Beixoanoii 38000k k GSM cern.

[Monb3oBarens Ha TA HabupaeT HoMep ogHOro 13 aboHeHToB GSM cetu 1 uiu 2. YcTpolCTBO aHaNM3UpyeT HaOpaHHBIH HOMEp U
B3aBUCHMOCTH OT npedukca HabpaHHOTO HOMepa OyJeT JenaTh BbI30oB aboHeHTa uepe3 SIM kapty 1 nim kapty 2 k GSM 1 wiiu GSM
2, COOTBETCTBEHHO.

Bxoouvie 360nxu ¢ PSTN.

Jlist mapamepoB, KOTOPBIE YCTAHOBJIEHBI KaK MMOKa3aHo, BXoAHOH 3B0HOK ¢ PSTN Gymer mpocrto mepenanpasisthes k Local Line.

Bo Bpems pasrosopa a6orent Local Line mosxer nepenanpasuts abonenta PSTN k abonenTy 060t GSM cetn Habpas Ha TA
HoMep abonenTa GSM cnenyrommm o6pasom: #uomep GSM. AGouent Local Line 6yner otkimrouer u abonent PSTN Gyaer
MOJIKITIOYEH K aboHeHTy cootBercTBytomeit GSM ceru. Eciu Homep ‘follow me’ 61 ycranosieH, To abonent Local Line mosxker
MepeHapPaBUTh Pa3rOBOP K a0OHEHTY 3TOT0 HOMEpPa MPOCThIM Ha)kaTHeM KHONKH * Ha TA.

Ecnu Gyayt ycranoBneHns! cieayrorne mapamerpst mist ‘FOLLOW ME’: mode- ON, Number of Rings: 5, Number of ‘follow me’ —
8903-XXXXXXX, TO mpu BxoaHOM Bbi30Be C PSTN cHauano 6yzaet crenepuposano 5 3BoHkoB Ha Local Line. Eciu 3a 310 Bpemst He 05110
oteera ¢ TA ( He Obuta mogHsATa TPyOKa Ha TA) , TOrIa BXOJHOM BBI30B OymeT nepeHanpasieH kK GSM cetu 2 yepes SIM kapty 2 (
npedukc 2 11 SIM2 pasen 8903) k aboHeHTY 8903-XXXXXXX.

Ecnu mapametp “FOLLOW ME’ ‘“Numbers of Rings’ ycraHoBieH B HOJb, TO TIpH BX0JHOM 3BOHKe ¢ PSTN BbI30B OyaeT
nepeHanpaniieH cpasy k abonenty Homepa ‘Number of ‘follow me’” 6e3 renepanuu 38ouk0B Ha Local Line.

Craryc mapamerpa ‘FOLLOW ME’ ON/OFF MoHO OTiepaTHBHO H3MEHHUTE HE BXOJISI B COOTBETCTBYIOIIEE MEHIO. JIJIs 3TOTO MBI
JIOJDKHBI TTOJJHATH TENEe(OHHYIO TPyOKY M HaXKaTh JBa pa3a Ha KHOMKY * ( HabpaTh * *), B OTBET MBI YCIIBIIIMM [[Ba KOPOTKHX TOH
curraia ( 5o ‘FOLLOW ME’ Bkimrouen (ON)) wiu aBa miauHHbIX ToH curaaia (3to ‘FOLLOW ME’ Beikimrouen (OFF)).



Bxoonvie 36onxu ¢ GSM cemeii.

Jist BXoaHbIX 3B0HKOB ¢ GSM cereit ycrpoiicTBo Bee Bpems noakioueHo k SIM kapre 1, T.e. Bce BXOJHBIE 3BOHKH OyIyT
npoucxoauts yepes SIM 1 ( cootBercTByromMii TenedonHbli Homep nanHoro SIM ). Ilpu nocrymienuu BoizoBa ¢ GSM cetun Ha Local
Line 6yayT reHepupoBaThcsi 3BOHKH, [OKa He OyneT oTBeTa Ha TA WM BRI3BIBAOLIMIT HE clienaeT 0TOOW Ha CBOEM COTOBOM armapare.

5.1.1 Configuration 1.2

Hcmonb3yercst Taxke cxema mojkmroderust K PSTN (cm. puc. 1), TOJIKO yCTaHOBIECHBI CIIEAYOIINE TaPaMETPHI:
1.0 Landline mapameTpsr:
‘Follow me”- OFF
Access to GSM- enables
Pulse mode
2.0 GSM mapamerpsr:
Access to PSTN- enables
Call back - disables
3.0 Local Line mapamerpsr:
YcraHoBeHbI Texe NpeduKCh

Buixoonwie 36ouxu ¢ Local Line.
B manHo#t koHUTrYypanun BeIxoHBIE 3B0HKH ¢ Local Line paGorarot anamornano kak B Configuration 1.1

Bxoonoti 360nox ¢ PSTN

B nannoii pexxume INGATE 2 padortaet kak nutto3 Be130BoB ¢ PSTN k GSM. Ipu BxoxHom 3BoHKe ¢ PSTN ycrpoiicTBo
aBTOMaTH4ecKH nenaeT oteeT ( ‘nogbeM TpyOoku” Ha PSTN ). AGonent PSTN JIMHUM LUTBIIMT PEAKO MPEPHIBAIOIIUICS TOH Habopa. B
OTBET OH J0JDKeH Ha cBoeM TA HaOpaTh HoMep Tenedona GSM ceTu, kK KOTOpOMY OH Xo4eT caenathb 3B0HOK ( TA obs3arenbHO
JIOJDKEH OBbITh B TOHAIBHOM Habope ). Eciu aboHeHT ommbcst B Habope HoMepa, To 1o uctedenust Bpemenu ‘Dial Pause’ on moxer
HakaTh Ha TA KHOTIKY # 1 Tor]a HOMep OyneT cOpOIIeH, M OH BHOBB YCIBIIIUT TOH HaO0pa, ¥ MOXXHO TIOBTOPUTH Habop HOMepa.
Yepes Bpems ‘Dial Pause’ ycrpoiicTBo onpenennTs mpedGuKe HaOpaHHOTO HOMEPa U OTIPaBHUTh BBI30B K COOTBETCBYIOMIeH GSM cetn
gepes coorBercTByOIYI0 SIM Kapty. [locne otBera Ha GSM cetn, aboHenTsl PSTN 11 GSM ceteit OyayT MOTYT BeCTH pa3roBOp.

Bxoonoti 360nox ¢ GSM cemu

s nanubix 380HKOB INGATE 2 pabotaer Toxe kak o3 Toibko ¢ GSM k PSTN. Ipu Bxomaaom 3BoHKe ¢ GSM cetn
MPOMCXOJUT aBTOMATHYeCKUH oTBeT M aboHeHT GSM ceTH LUIBIIINT PeIKO MpephIBaIOIIMi TOH Habopa. B oTBET OH Ha CBOEM COTOBOM
anmapare J0JDKeH HabpaTh HOMep Apyroro aboneHTa u yepe3 Bpems ‘Dial Pause’ ycTpoiicTBo B myibCOBOM pexxuMe HabepeT HoMep
BbI3bIBaroliero abonenra. Ilocne pasroBopa abonenT GSM cetn MokeT IOBTOPUTH BEI30B Ipyroro Homepa Ha PSTN 6e3 pabennnenus
GSM BbI30Ba. J{711 3TOrO OH HA COTOBOM armnapare HaKMMAeT MOCIeI0BATeNIbHO IBE KHOIIKU * U # ¢ HHTepBanoM He Gosiee 5 cekyHa U
TOTJa MPOUCXOTUT OTKIItoUeHe aboHeHTa Ha PSTN, a abornenT GSM ceTr BHOBB YCIBIIIAT TOH HA00Pa U OH MOXKET CIIENIaTh
ciexyromtwii 3BoHOK depe3 PSTN. Joctym k PSTN ¢ GSM ceTn MOKHO pa3pemunTh TOIBKO TeM aDOHEHTaM, HOMepa KOTOPBIX
3aIMCaHbl B CIIMCOK JIOCTYTIA, H COOTBETCTBYIOMIMI PexXnuM ObLT ycTaHoBieH ( cM. Mento # 2.3).

Ecmu pesxum “Call Thru’ sanpemién, wo pexknm ‘Call Back’ 6511 paspemén u 6611 ycTaHOBIICH criicok Homepos s “Call back’,
Toraa B coorBercTBUE ¢ mapamerpom ‘call Back via GSM or PSTN’ Bxoaroii 380HOK ¢ GSM cetr GyzeT 06pabaTsiBaThCs CICIYOMIM
obpaszom. Eciut 66110 yeranosieno ‘via GSM’, To BxoaHo# 380HOK ¢ GSM Gyzmet otowur, a 3atem npumepo uepe3 10 cexyHn Oymer
czienaH BbI30B 3BoHUBIIEro aboneHTa GSM cetu uepe3 coorBercTBytomuio SIM kapty u nociie orBera on nonyuur goctym k PSTN.
Ecau 66110 yeranosieno “ Via PSTN’, To mociie ot60st OyaeT ciena Bb30B 3BoHuBLIET0 aboHeHTa GSM cetn uepe3 PSTN, mocie
oTBeTa BbI30B Oy et otmpasiner k Local Line. Eciu quist pexxuma “Call Back’ 6s11 BxoaHO#H 380HOK ¢ GSM cetn Bo Bpemst pa3roBopa u
ecau Homep HoBoro GSM 3BoHKa ecth B crucke * call back’ , To aToT 3BoHOK OymeT 3amoMHEH, U MOCIe OKOHYAHHS TEKYIIETO
pasroBopa OyJIeT cjiellaH BEI30B K HOBOMY BXOJHOMY 3BOHKY ¢ GSM.



5.2 Configuration 2.1

B nanno# kougurypamnnu PSTN paszsém yerpoiictea INGATE 2 moakimrodyen k PBX ((opucHo#t ATC ) k 01HO#M M3 BHYTpEeHHEH
muaun (Extension (wamp. 120)). ITapameps! it 9TO# KOH(PHUTYpAIHK TIOKa3aHbl Ha PUC. 2.

———»
-y
o
A 4
PBX .
Ext. Line 101
<> GSM Networkl
P Ext. Line 102 8916 ( MTC ) CoToBblii
L
Tenedon A
8916-XXXXX 123
. 456
< Ext. Line 120 789
*0#
=
A 4
RJ-11
Landline Parameter: | PSTN GSM
1. ‘Follow me’ -OFF Module
2. Access to GSM-enables c .
3. Autodial -101 OTOBBII
4. Tone mode LCD SiM1 GSM Parameter: TenepouB | 123
1. Access to PSTN- enables 8903-xxxxx | 456
SIM2 2 Call back - disables Zgg
RJ-11
LOCAL
A
Local Line Parameter: \4

1. Prefix 1- SIM1, 8916 (MTC) Tenepounsiit anmapar (TA)

Prefix 2- SIM2, 8903(BHJIAITH) }1 g g ToHaNBbHBIN peskUM Habopa
2. Dial Pause- 5 sec 789
3. CLI- enables w0 #

4. Reverse Pol- disables

Puc. 2

Bxoomuoii 36010k ¢ enympenmer TuHUL.

[pu BXOHOM 3BOHKE ¢ ByTpeHHel nuuun (Hamp. 120) ot abonenta nuanu (Hamp. 102) Gymer aBTOMaTHYESCKHUi OTBET U OH
ycabuuT ToH Habopa. Ha TA nuaun 102 on nomkeH HaOpats HoMep aboneHnTa GSM ceTn 1 BbI30B OyZET HalpaBlieH Yepes3
cootBetcTBytonyto SIM kapry k GSM cetn.

Bxoonorii 360nox ¢ GSM cemu
Tak kak ObL1 ycTaHoBIeH apametp ‘Autodial’ u Homep aBToHabopa (Hamp. 101), To Bce Bxoaubie 3BoHKH ¢ GSM cetu OynyT
MIEPEHANPABIATECS K BHYTpeHHEH tnHuM ¢ HomMepom 101.

Buwixoonwie 3s6onku ¢ Local Line

Beixomubie 38oHKH ¢ Local Line 6ymyT BRIMONHSITECS Takke Kak u B KoHGuryparmu 1.1. Tonbko ecin HOMep He MPHHAICKUT
GSM cetu ( mpedukc HAGpaHHOTO HOMEpA HE CITUCKE), TO BBI30B OyeT HampasieH k PBX u ganee B COOTBETCTBHH C yCTAHOBKAMU B
PBX.



5.2.2 Configuration 2.2

B aroit korgpurypanuu (Puc. 3) PSTN passém ycrpoiictea moakmouer k PSTN, a passém Local Line k PBX k Bxoay CO.
[TapameTpbl ObLIN paHEee YCTAHOBIICHBI KAK [TOKA3aHO Ha PHC. 3.

> GSM Networkl
8916 ( MTC ) CoToBbrlii
Tenedon A
8916-XXXXX 123
456
789
*0#
=
RJ-11
Landline Parameter: PSTN GSM
1. ‘Follow me’ -OFF Module
2. Access to GSM-disables C .
3. Pulse mode OTOBBIH
LCD SimM1 GSM Parameter: Tenepon B | 123
1. Access to PSTN-disables 8903-xxxxx | 456
SIM2 2 Call back- disables 789
*0#
RJ-11
LOCAL
Local Line Parameter: A
1. Prefix 1- SIM1, 8916 (MTC) \ 4
Prefix 2- SIM2, 8903(BUJIAIH)
2. Dial Pause- 5 sec cO .
3. CLI- enables Xt Line 101
4. Reverse Pol- enables hlld
| Ext. Line 102
L
. Ext.Line 120
L

Puc. 3
Bce Bxomausie 380uKH ¢ PSTN win GSM cetn 6yayT nepenanpasisitees k Local Line u nanee cormacuo ycrasoskam B PBX k

BHYTPEHHUM JIHHUSM.
Bce BoixozHbie BbI30BbI ¢ PBX cornacHo ycranosieHHbIM mpedukcam OynyT nepeHanpanisitbes K PSTN win GSM cetn.

INonknroueHue ycTponucTBa.

Power Adapter

QO
:\

Local Line or (PBX- CO nort)
PSTN or (PBX- Ext. port)






