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GNU GPL INFORMATION

GXV3140 firmware contains third-party software licensed under the GNU General Public License (GPL).
Grandstream uses software under the specific terms of the GPL. Please see the GNU General Public
License (GPL) for the exact terms and conditions of the license.

Grandstream GNU GPL related source code can be downloaded from Grandstream web site from:
http://www.grandstream.com/support/fag/gnu_gpl .
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CHANGE LOG

This section documents significant changes from previous versions of GXV3140 user manuals. Only major
new features or major document updates are listed here. Minor updates for corrections or editing are not
documented here.

CHANGES FROM 1.0.7.50SER MANUAL

For Phone Book, the number of contact groups is increased from 20 to 50 [PHONE BOOK]

Direct IP Call is supported in Phone Book application [PHONE BOOK]

Added default ring tone configuration in LCD menu [TONES]

Added DHCP option 12/15/60 in Web Ul [MAINTENANCE PAGE DEFINITIONS]

Added the option to disable DND reminder ring splash [ADVANCED SETTINGS PAGE DEFINITIONS]
Added caller name in Call History [CALL HISTORY]

Added USB LED Light indicator [CALL FEATURES]

Added PSTN Calls for GXV3140 model equipped with a LINE port [ PSTN CALLS]

Added GNU GPL information

Added Change Log for this user manual

=A =4 =4 =4 -4 -4 -4 -4 -4 4
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WELCOME

Thank you for purchasing Grandstream GXV3140 IP Multimedia Phone. The GXV3140 gives you plug and
play access to free real-time video/voice calling with always-on Internet web entertainment and social
networking applications. With video calling - part of the revolution called Visual Communicating i get ready
to enhance personal and business relationships by hearing and seeing the person with whom you are
communicating.

This user manual is designed to help you understand how to configure and manage the GXV3140 IP

Multimedia Phone. Beside demonstrating how to install this unit with ease, this manual will explain how to

fully utilize all the phoneds voi cdingalmedt|Pwcallidgcaswetl al | i ng
as explore all the built-in feature-rich multimedia applications such as Skype, YouTube, Facebook, Twitter

and more.

GXV3140 OVERVIEW

The GXV3140 is a next generation SIP-based IP Multimedia Phone that supports a high quality selection
of audio codecs and is compatible with the H.264/H.263/H.263+ video codec. The advanced telephony
and video features, interoperability with 3rd party SIP products and ease of use make it an ideal IP
multimedia device for both enterprise and consumer users.

Once the GXV3140 is plugged into the broadband Internet connection, you can begin to make video calls
using the 4.30d0digital color LCD display and enjoy othe

1 Integrated web browser for one-touch access to personalized RSS feeds of real-time online
information services (news updates, stock updates, weather forecasts, recipes, directory searches,
etc.)

1 Access to thousands of Internet radio stations & popular online music networks such as Last.fm,

Yahoo Flickr web photo album

Access to social networking sites like Facebook and Twitter

Access to streaming Internet entertainments sites like YouTube

IM with Yahoo/MSN/Google

Digital Photo Frame

Full duplex speakerphone

Support for 9 different languages

=A =4 =4 4 -4 -4 4

Ability to project video onto TV for larger picture
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Caution: Changes or modifications to this product not expressly approved by Grandstream, or operation
of this product in any way other than as detailed by this User Manual, could void your manufacturer
warranty.

1 This document is subject to change without notice. The latest electronic version of this user manual is
available for download here:

http://www.grandstream.com/products/gxv_series/gxv3140/documents/GXV3140 usermanual englis
h.pdf

1 Reproduction or transmittal of the entire or any part, in any form or by any means, electronic or print,
for any purpose without the express written permission of Grandstream Networks, Inc. is not
permitted.
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PRODUCT OVERVIEW

Front View

Side View Back View

Figure 1: GXV3140Front, Side and Back View

Table 1: KEY FEATURES

Open Compatible Standards

SIP 2.0, TCP/IP/UDP, RTP/RTCP, HTTP/HTTPS, ARP/RARP, ICMP, DNS
(Arecord and SRV), DHCP, PPPoE, TFTP, NTP.

Interfaces

Two 10/100Mbps Ethernet Ports, 1 USB™ 2.0" port, 3.5mm stereo headset
port, 1 FXO PSTN line (RJ11) port.

Extraordinary Audio Quality

Advanced DSP for audio, Silence Suppression, VAD, CNG, AEC, AGC.

Extraordinary Video Quality

Supports real-time video H.263/H.263+ and H.264 codec even when
operating under low bandwidth (32kbps-1Mbps).

Advanced Video Features

4.30 digital TFT color LCD with 4838
(perpendicular), Advanced VGA lens, auto focus, auto exposure, zoom (2x
optical 2x digital), Camera Block, PIP(Picture-in-Picture) and still picture
capture/store.

Feature Rich

Traditional audio features: Caller ID, Call Waiting, Call Holding, Call
Transfer, Do-Not-Disturb, Mute, Automatic dial.

Built-in web browser, RSS news, Stock market update, Weather forecast,
Internet Radio, Media Player, Picture browser, Games, Calculator, Alarm
clock, IM chat, File Manager, Youtube, Facebook, Twitter, and etc.

Advanced Functionality

Support for multiple lines, conferencing, headset, Intercom, AES
encryption.
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Table 2: GXV3140 HARDWARE SPECIFICATIONS

Ethernet Port

Dual switched 10M/100M auto-sensing Ethernet ports

FXO PSTN Line Port

1 FXO PSTN line (RJ11) port

LCD

4.306 digital TFT color LCD

Camera

Tilt Capable 1.3M pixel CMOS camera with privacy shutter(VGA)

Auxiliary Ports

RCA Type Stereo & Media output port, 3.5mm stereo headset port, 1 USB
port, 1 SD card reader

Exterior

Black ABS plastic, 30 buttons

Universal Power Supply

Input: 100-240V AC
Output: 12V DC, 1.2A
US/Euro/UK/Australian style plug available.

Dimension

7.87x7.32x1.57in/200x286x40mm

Weight

1.87Ib /0.85Kg

Operating Temperature

32-104° F/0°1 40°C

Humidity 10-90% Non-Condensing
Compliance FCC/CE/C-Tick

Table 3: GXV3140 TECHNICAL SPECIFICATIONS
Lines Up to three individual SIP accounts

Protocol Support

SIP 2.0, UDP/IP, PPPoE, RTP/RTCP, SRTP by SDES, HTTP, ARP/RARP,
ICMP, DNS, DHCP, NTP/SNTP, TFTP.

Display

4 . 3 otal @FT golor LCD with 480x272 resolution

Function Keys

4 programmable soft keys: F1, F2, F3, F4.
Line, mailbox, phonebook, mirror, call transfer, hold, conference, dial/send,
speakerphone and five navigation keys.

Network Interfaces

Dual switched 10M/100M auto-sensing Ethernet ports, USB 2.0 port, 1
audio/video output port (to synchronously output video to TV), and stereo
headset jack.

Device Management

Layer 2 QoS (IEEE 802.1p/Q tagging-VLAN and Layer 3 QoS (DiffServ);
Web interface or via secure (AES encrypted) central configuration file for
mass deployment, keypad & adjustable 4.3 inch digital TFT Color LCD,
Auto/manual provisioning system, GUI interface, phone book, remote
software (TFTP/HTTP/HTTPS) upgrade for deployed devices including
those behind a NAT/firewall.

Provisioning

Support for automatic NAT/firewall traversal & remote automatic software
wi t h
fynctional it

upgrade and security, providing end-u s er s izero
truefipl-andgp | ay o
Support for remote configuration monitoring and syslog.

Configuration through LCD, web browser or an external configuration file.

FIRMWARE VERSION 1.0.7.60
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Support for IETF STUN NAT traversal and symmetric RTP; Static IP or
DHCP.

Audio Features

Full duplex speaker, advanced DSP.

Supports G.723.1, G.729A/B,G.711e | A ( P C MU,/ G726MBA, (. 722,
GSM-FR, L15-256 DTMF (In-audio, RFC2833, SIP Info); Silence
suppression, VAD, CNG, AGC, masking for packet loss/delay; AEC, AGC
for Speaker; jitter buffer protocol.

Video Features

Support for Jitter Buffer delay and packet loss concealment to enhance
audio and video quality.

Support for H.263/H.263+ and H.264 real-time video codecs (CIF or
QVG)up to 30frames/sec, which ensures high quality video transmission
even under low bandwidth conditions (32kbps-1Mbps);

4 . 30 dHAT golott LED with 480x272 resolution, 45 degree rotating lens
(perpendicular), advanced VGA CMOS camera and sensor.

anti-flickering of images, auto focus, auto exposure, zoom (2x optical 2x
digital ), PIP(Picture-in-Picture) , audio mute, camera block, call log, video
phone book; screensaver, still picture capture/store (VGA), visual voice
message indicator.

Call Handling Features

Caller ID, call waiting ID, call waiting/flash, call transfer, call holding, call
forwarding, Do-Not-Disturb, three-way conference, redial, automatic dialing
on off-hook, automatic answering, call records, volume control, voice
message waiting indicator, downloadable custom ring tone. PSTN calls via
FXO ports.

Caller ID (Privacy)

Private header support for anonymous calls.

Firmware Upgrade

Configuration file authentication (before accepting changes).
TFTP/HTTP upgrade support, allows users to specify different URLs for the
server to download from.

Advanced Server Features

DNS SRV support, SIP server failure transfer, message waiting indicator
and custom screensaver.

Security

MD5 and MD5-sess DIGEST encoding and authentication.
Security protection: SIP over TLS and SRTP.
Support for OpenVPN for increased security and control.
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INSTALLATION
EQUIPMENTPACKAGING

This GXV3140 package contains:

One (1) GXV3140 Phone Main Case (Black)
One (1) Handset

One (1) Phone Cord

One (1) Universal Power Supply

One (1) Ethernet Cable

One (1) Phone Stand

One (1) Headset Dongle

One (1) Quick Start Guide

© No gk whPe

SAFETY COMPLINCES

The GXV3140 phone complies with FCC/CE and various safety standards. The GXV power adapter is
compliant with the UL standard. Use the universal power adapter provided with the GXV package only.

The manufacturerdéds warranty doone causadtby unsupperted pdveema g e s
adapters.

WARRANTY

If the GXV3140 phone was purchased from a reseller, please contact the company the phone was
purchased for replacement, repair or refund. If the phone was purchased directly from Grandstream,
contact the Grandstream Sales and Service Representative for a RMA (Return Materials Authorization)
number before the product is returned. Grandstream reserves the right to remedy warranty policy without
prior notification.

Warning: Use the power adapter provided with the phone. Do not use a different power adapter as this
may damage the phone. This type of damage is not covered under warranty.

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 13 of 153
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1 SD Card Slot

2 USB Port

3 Headset Jack

4 RCA Video/Audio Jacks
5 RJ11 Jack

6 PC Ethernet Port

7 Network Ethernet Port
8 Power Jack

9 LINE Port (optional)

WALL MOUNT

Figure 2: GXV3140 Connector Diagram

Table 4: GXV3140 CONNECTORS
SD Card Slot

USB devices may be connected via the USB port. For example, you
can connect a USB flash drive to save captured pictures or use a USB
keyboard or mouse for the built-in web browser.

3.5mm stereo headset connector port

Audio/video output port which can be connected to external peripherals
(e.g. TV).

Phone handset connector port

10/100Mbps RJ-45 port connecting to PC

10/100Mbps RJ-45 port connecting to Ethernet

12V DC Power connector port

FXO PSTN line port

The GXV3140 has two (2) slots on the back of the phone for wall mounting convenience. (See figure 3)

FIRMWARE VERSION 1.0.7.60
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Fiw Mame Or Dtthce Une
lapati 213V & 1A
C( Voda! GXVIIAR
;v M

Figure 3: Wall Mount for GXV3140

PHONESTAND

The GXV3140 can also be placed on the table surface or desk via the phone stand (See figure 4). There
are two (2) positions for the stand on the back of the phone; each position supports a different angle.

Fiw Mame Dr Dihce Use

lrpati =12V =™ 1A
(( Vodsl GXVIIAR
;. M

Figure 4: Phone Stand for GXV3140
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CONNECTING THIEBXV3140 1P MULTIMEDIA PHONE

1. Connect the handset
with the phone cord
provided.

4. Insert a standard
RJ11 telephone cable
into the LINE port and
connect the other end
of the telephone cable
to a wall jack.

2. Connect the NETWORK 3. Connect the 12V DC
port to a hub/switch/router output plug to the power
using the Ethernet cable. adapter provided.

Figure 5: Connecting the GXV3140

NOTE: Step 4 is for GXV3140s equipped with a LINE port.

MAKING THE FIRST CALWITH IPVIDEOTALK SERVICE

The GXV3140 offers users the ability to send and receive free lifetime video calling to other GXV3140& on
the IPVideoTalk network. Once the GXV3140 is connected, video calls are made using Grandstream&
configuration peer-to-peer SIP technology and IPVideoTalk service. To place the first video calling,
complete these three (3) simple steps:
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1) Connect the handset to the phone using the handset cable provided. Connect the NETWORK
cable and the power cable to the GXV3140 using the methods described above. Wait for the
phone to boot up. After the phone boots up and obtains an IP address through DHCP, it will
attempt to register to the IPVideoTalk network. When the user boots the phone for the first time,
Account 1 will be registered to the IPVideoTalk server with a provisioned extension of 810xxxx.

2) If the registration is successful, the IPVideoTalk text on the LCD will turn green and an assigned
IPVideoTalk number (8xxxxxx) specific to this phone will be displayed. At this point, the phone is
ready for making and receiving video calls over the IPVideoTalk network.

3) Take the phone off hook, and dial the number of the any other phone registered to the IPVideoTalk
network. If the user has purchased two or more GXV3140 IP Multimedia phones, these phones
are able to establish video calls between each other and the user will immediately experience the
plug and play nature of the GXV3140. If a user has only one GXV3140, the user can choose to
experience the multimedia features by dialing 0 to establish a video call with the preset extension
on the server.

r

PCMU /H.264
00:00:10
101K/15F p
Your number is
8101341

Mute Stop Video

Figure 6: GXV3140 Phone Screen

As shown in Figure 6, area A shows the remote video and area B shows the local video. When the system
boots up for the first time, the phone will establish a video call with the server preset extension 0. Users can
experience a playback of video on the phone when the call is established.

To see a short video on all the functionalities of the GXV3140, press the fDemoo softkey on the phone on
the desktop. This would open the media player and play the video. The Demo key will show when the phone
finishes downloading the clip from the server.
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USING THEGXV3140 IP MULTIMEDIA PHONE
LCD

When the phone is idle, the LCD screen will look similar to Figure 7. (The account and IP address may be
different from case to case, depending on the network environment and the settings.)

Q471 23 = 03-20-2012 15:07 ™

e
-3

1P:192.168.1.240 Tuesday
03-20-2012

Menu Switch Screen Skype

Figure 7: GXV3140 LCD Idle Screen

Users could press F1 (Menu) to access the full menu, press F2 (Switch Screen) to switch to another display
screen (See Figure 8), press F3 (Skype) for Skype application and press F4 (Demo) for GXV3140 demo
video.

D471 2 3 im 03-20-201215:08 ®

CNN

Judge asked to intervene in Gabor's care

Los Angeles (CNN) -- Francesca Hilton, Zsa Zsa Gabor's daughter, is
asking a judge to appoint a conservator to oversee the 95-year-old
actress's finances and medical care.

The Hungarian-born actress was once one of Hollywood's most
glamorous women, but a broken hip and leg amputation in the past
two years have left her confined to a bed.

"What Ms. Hilton is seeking here is for the court to make sure that
Zsa Zsa's bestinterests are not being sacrificed for the selfish

Menu Switch Screen MNews Detail Mext News
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Figure 8: LCD IDLE screen displaying News Videos

Press F2 again to switch to screen that displays stock and weather forecast. (See Figure 9)

D471 23 = 03-20-201215:08 g

<«

. currencies Prospect Heights IL, US

- Fair

EUR - USD 13222 ’ Temp:85F

GBP - USD 1.5859 N Humidity : 27%

USD - CHF 0.9121

USD - CAD 0.9915

USD - CNY 6.3248 Tie Wed
uUsD - AUD 0.9538 62F - 84F 60F - 84F

Menu Switch Screen

Figure 9: LCD IDLE screen displaying Stock and Weather Forecast

Press F2 again to switch to screen that displays the feeds from Horoscope and Today application.

D471 23 = 12-15-2009 11:21 g

o (=]

o\ Sagittarius23Nov-210el/3 gjtting Bull: Lakota Sioux

Oh, this is just prime time to be military and spiritu...
you. The rest of the world is Sitting Bull: Lakota Sioux

feeling as extravagant as you military and spiritual leader
normally do, just this once. who defeated Gen. Custer at
You're feeling lucky, frisky and Little Bighorn was killed (1890)
likely to

Menu Switch Screen

Figure 10: LCD IDLE screen displaying feeds from Horoscope and Today application
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Table 5: LCD ICONS
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Network

Line 1 Status

Line 2 Status

Line 3 Status

FXO Line Status

Call related

Call Volume

Ring Volume

Phone Status

E
L=

[wal] !

BE00000Oe

B"888-a8

Connected to the network

Failed to connect to the network, the
icon will flicker between yellow and gray.

Account 1 is registered

Account 1 is not registered

Line 1 is busy

Account 2 is registered
Account 2 is not registered
Line 2 is busy

Account 3 is registered
Account 3 is not registered
Line 3 is busy

FXO Line is ready

Account 1 Auto Answer
Account 2 Auto Answer
Account 3 Auto Answer
Account 1 Call Forward
Account 2 Call Forward
Account 3 Call Forward

Volume setting, ranges from 0 to 9. The
nine icons represent different volume
levels.

Ring volume, ranges from 0 to 9

Camera disabled
Do-Not-Disturb (DND)

Missed Call. If there is a new missed
call, the icon will flicker.

The Account and line status are
separate. Line status will only show
busy or idle.

If Line 1 is in a call

If Line 2 is in a call

If Line 3 is in a call

If PSTN line is connected to the
LINE port and detected

If configured to forward calls:
unconditional forward, forward when
busy or forward on no answer

FIRMWARE VERSION 1.0.7.60
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Screen Layout
Icon

Audio Output

Applications

External devices

AIAL A NSIO u | ul “lu]™ ]

SCE0OGALEE B 0 8 O

Mute

First Desktop (Small Layout)
Second Desktop (Small Layout)
First Desktop (Big Layout)

Second Desktop (Big Layout)
Third Desktop (Big Layout)

Fourth Desktop (Big Layout)

The headset is in use and is off hook
The headset is plugged in

The phone is on speaker

The handset is off hook

IM is not logged in

IM is logging in; the icon will flicker
between blue and gray.

There is a new message on IM. The
icon will flicker between blue and yellow.

Text message. The icon will flicker if
there is a new unread text message.

Alarm clock

Medid music/video™ Player

Internet radio

Web browser

Skype

Facebook Application
Twitter Application
SD card

USB flash drive.
USB keyboard

USB mouse

USB wireless adapter detected

ndstream

Innovative IP Voice & Video

The Small/Big layout can be
selected in the Personalize->Screen
Layout menu.

The icon is displayed at the right
hand-side of the status bar.

The icon is displayed at the right
hand-side of the status bar.
The icon is displayed at the right
hand-side of the status bar.
The icon is displayed at the right
hand-side of the status bar.
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m Wireless signal strength. Range from
0-4. The signal strength is currently 3.

Figure 11 shows the keypad layout for GXV3140.

— Soft Keys
Phone Book

Message

Line —— Navigation Keys

—— Menu/OK Key

— Camera Loopback

——Transfer
——Hold

_____Conference
— Send
—— Speaker

Standard Keypad

Figure 11: GXV3140 Keypad

Table 6: GXV3140 KEYPAD

E1 4 function/soft keys that correspond to the functions displayed on the LCD.
F2

F3

§

Line button can be used to choose the line/account to be used.

= Retrieve video/voicemail message or other messages.
(RS Phonebook.
1 Standard telephone keypad. The # key can act as a send key.
.8

In the input mode, if an English alphabet needs to be entered, press the

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 22 of 153
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corresponding numerical key multiple times.
For example, if the user wishes to enter B, press 2 three times; if the user wishes to
enter Y, press 9 four times.

2a8c
3perF
4GH
SJKL
Bmno
Tears
8ruv

Dwxvz

Camera Loopback button. This button Enables or Disables the camera display on
@ the local LCD.

Call Transfer: Allows the user to transfer a call to another extension or number.

==
() Places the call on hold.
S Conference button - connects the caller/callee to the conference.
P Sends a new number or redials the last number dialed.
¢
” Turns the Speaker ON or OFF.
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Navigation Buttons: These arrows keys serve as up/down/left/right button when used

= in the GXV31406 s meTmaunsiddle button is used as the submit/select button.
When the phone is idle, the up and down arrow can be used to increase/decrease
4 ® >
the volume.
When the phone is in loopback mode or during a video call, use the up/down arrow
v

to adjust exposure settings and use the left/right arrow to zoom in and out.

MULTIPLE SIP ACCOUNTS AND LINES

The GXV3140 supports up to 3 independent SIP accounts. Each account may have separate SIP servers,
usernames and NAT configurations. Press the LINE button to view the status of the 3 lines and press the
corresponding FUNCTION button to select the account to use for dialing out. When the phone is off-hook,
press the LINE button to switch between different SIP accounts.

For example, let& say that the user has configures 3 SIP accounts: Accountl, Account2, and Account3.
The registration status for each account is displayed on the desktop. If the account is registered, the icon
next to the account will be yellow and purple. If the account is not registered, the icon next to the account will
be gray with a red cross on it. When all the accounts are registered, users can press the Line button when
the phone is on-hook and select the line used to dial out by pressing the corresponding line button. When
the phone is off-hook, users can toggle between the different lines by pressing the Line button.

Incoming calls through the three accounts will try to use the corresponding line. If this line is busy, the icon

for the line (top-left hand corner) will be green. When a call comes in and the line is busy, the next idle line
will be used while the icon for that line will flicker between blue and green.

HANDSET, SPEAKER AND HEADSET MODE

The GXV3140 allows users to switch from the handset to speaker or headset by pressing the Hook Flash,
the Headset FUNCTION button or the SPEAKER Button.

MAKING A CALL

There are several ways to make a call:

1. Enter the number
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1 Take the handset off hook or use the speaker/headset. A dial tone is given; adjust account if
necessary by pressing the LINE button to select the desired account/line. (See figure 12)
The status of each Line will be displayed on the top, and the first one is the account being
used to dial out.

1 Enter the number.

1 Press the Send softkey.

Q123 =7 03-20-2012 15:10 ™

Line 1: Dialing
IPVideoTalk
Line 2: Idle
Line 3: Idle

N

Backspace Redial Cancel

Figure 12: GXV3140 Call Screen
2. Redial

When redialing, the phone will use the account that was used to call the last number dialed. Therefore,
if the last number dialed uses the third SIP account, the phone will also use the third SIP account
when redialing.

1 When the phone is idle, press the # or the SEND button (Yi ‘. ).
1 When using the speaker/headset/handset, press the REDIAL button (See figure 12)

3. By Call History

Access the Phone Menu by pressing the F1 button, and then select fiCall historya The LCD monitor
will display all call history types: i AQIfilOu t gadiil mg o and i Wi eadlls. Select the call history
that you wish to view by using the up and down arrow keys and then select the corresponding
FUNCTION button to fDialoto the number or delete the record. (See figure 13)
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D71 23 m 03-20-201215:10 ™
Call Histary

" !ﬂ! ' Outgoing t Incoming I Missed

ame/Mumber £c ime uration
Lo Wideu} 1 03-20-2012 15:06 00:00:17

A 8121211 (video) 03-20-2012 15:05 00:00:38

"‘ 8121211 (Audio) 03-20-2012 15:04 00:00:20
‘.‘ B121211 (Video) 03-20-2012 13:04 00:00:05
¥ 1134598113459 (Audi 01-31-2012 11:23 00:0012
§ 8113459<811345 wudio) 01-31-2012 11:22 00:0012
¥ 8113459<8113459> (Video) 1 01-31-2012 1118 00:00:10

Call Save Options Exit

Figure 13: Dialing by Call History
4. By Phone Book

Enter the Menu by pressing F1, and then select fPhone Booka The LCD screen will display the saved
records in the phone book. Navigate to the phone book record with the arrow buttons, and call the
number by selecting the F1 FUNCTION button for fDiala At the same time, users may browse
through or delete the phone book records. (See figure 14)

D471 23 = 03-20-201215:14 %
Phone Book

Lily
Smith

Extension: 8122334
Phone: 3123359876
Mobile: 3127776688
Fax:

Group: Default

Used 1, Total 500
Search Options Exit

Figure 14: Dialing by Phonebook

5. By Messages
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Ente r the Menu by pressing F1, and then select
Message Inbox/Outbox, Sent messages and Draft messages. Select the message and press F3 for
fi Ptionsq and then select fDialdto dial out to the number. (See figure 15)

fi Me s !

D471 2 3 i 03-20-201215:16 ™

[--¥] nm{ B Outbox B4 Sent s Drafts

ender cc Messages Ime
812121 1 hello 03-20-2012 15116

Save number
Delete
Delete All

Back

Options

Figure 15: Message Screen

6. On-hook Dialing

Without lifting the handset off the hook, simply dial the number and press F3 to SEND. This phone will
dial the number and the audio will be output via speakerphone. The phone will use the primary

account to dial out. To user other accounts to dial out, press the LINE key to select the account. Next,
dial the number (See figure 16)

OT123 & 03-20-2012 15:17 ™
Line 1: IPVideoTalk

Onhook Dialing:

Backspace Send Audio  Send Video

Figure 16: Onhook Dialing

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 27 of 153



stream

Innovative IP Voice & Video

ANSWERING CALE

1. Single Incoming call: When the phone rings, you can use the headset, handset or speaker to answer

the call. The user may also press the SPEAKER button (- LU ) or the corresponding FUNCTION
button forof Aclk e p L(E&Bfigarel7)e e n .

2. Multiple Incoming Calls: Users will hear a call waiting tone and the LCD will display the number of
the caller when another call is incoming. At this moment, press the corresponding FUNCTION button
forif Accept o to establ i sh calllcalleo Mhe eucrent callrwill beipladed an hodd. n e w

Users may press LINE button (@') to see the status of each line and to switch between the lines.

3. Auto-Answer/Paging/Intercom: Af t er the phone makes a fAbeepo0 sound
established through the speaker. (The phone should be configured to enable Muto Answero or
fPaging/Intercoma Support from PBX / IP-PBX is also required)

Q47123 = 03-20-201215:17 ™

Line 1: Ringing
IPVideoTalk
Line 2: Idle

Line 3: Idle

) -

Accep't Accept Audio

Figure 17: Incoming call screen

CALL HOLDWAITING

1. Call Hold" Press the HOLD button (- @ ) to place the call on hold. The following will be displayed

on the screen. (See figure 18)
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Q@23 =\ 12-15-2009 19:56 ®

Please select line

Line 1 (IPVideoTalk): Holding 8100648

Line 2: Idle
Line 3: Idle

Line 2 Line 3

Figure 18: Line Selection Screen

2. Call Recover: Press the HOLD button againorpress t he @A ResumeonteretiNtdtheON but t
call. Users can also select the line placed on hold to resume the call.

3. Multiple Calls: To place the current call on hold, press the LINE button (@!ﬁ) to select another

line or accept another call. When the line is busy, the user hears a call waiting tone notifying the user
that a call is waiting. Users may toggle between the multiple calls by pressing the Line button and
selecting the line they wish to answer.

CALL TRANSFER

1. Blind Transfer:Pr e s s CALIWTRANBFERO b u(lg'e) to place the other party on hold. The

phone wil| di splay the following message: (8e@i al Nu
Figure 19). Dial the extension number and press F3 for ISENDa This will transfer the call to the other
party immediately.

2. Attended Transfer: Press the fLINEO button (Qﬁ-) to select an idle line to use for attended

transfer; this will place the other party on hold immediately. Dial the number that you wish to transfer to

and after confirmation from the party, p r e s s CALIWTRANSFERObutton. The phone will display the

foll owing message: fADial Numb e r(Seefyguré 1®)dPreslie Ai8N&ED ect Li 1
button and select the line on hold.
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Q47123 =\ 12-15-2009 19:56 ®

Line 1: Transfer
IPVideoTalk 00:00:34

Line 2: Idle
Line 3: Idle

Dial Number (Blind) OR 8100648
Select Line (Attended)

i

Backspace Cancel

Figure 19: Call Transfer Screen

NOTE:
1 To transfer calls across SIP domains, SIP service providers must support transfer across SIP
domains.

T I'f users enter a wrong number and wish to cancel

t |

buttonagainor t he ACanwmelc@anceflt Khye tr anof kreyort oprhed d tt e

and retry again.

3-WAY CONFERENCE

The GXV3140 supports 3-way video conferencing.

1. Initiate a ConferenceCall: Pl ace the first call on hc@"btq pressi

call the second party. Once the user has established the secondc al | , press t he

button (L; o'} ) then select the line on hold by pressing the fLinedbutton (@*) again and

selecting the line by pressing the corresponding line softkey. This would bring the three parties
together in a 3-way conference.

i CONFE

2. Cancel the Conference: | f after pressing th(éﬁ,padtsdfdéﬁdﬂstEo butt

not to conference anyone; press the corresponding

conference.
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3. End the Conference: There are two ways to end a conference: Thefirstway i s t o press fAHO

( ‘@' ). This breaks the conference and places both parties on hold. The user can now speak

to an individual party by selecting the corresponding LINE. The second way to end a conference is
to simply hang up and terminate the call.

NOTE:

91 During the conference, users can press the camera loopback button ( (2 ) to change the

layout of the video display for the three parties.

1 During the three way conference, if the initiator of the conference hangs up, the conference will
end. If users wish to allow the remaining two parties to stay in conversation after the initiator hangs
up, the conference initiator should set firransfer on Conference Hangupo to fivesd in the web
configuration interface. This would allow the transfer of call to the remaining party after the initiator
exits the conference.

VOICEMAIL MESSAGE WAITING INDICATION

If the blue Message Waiting Indication (MWI) LED icon is flickering on the upper right hand corner, a new

message has been received and is waiting to be retrieved. Press the MSG button ( i ) to retrieve the

message (the button needs to be configured). By default, pressing the MSG button will transfer to the
voicemail box of Account 1; if the user wishes to enter the voicemail box of Account 2 or Account 3, the
corresponding Line should be selected prior to pressing the MSG button. The Interactive Voice Response
(IVR) prompts the user through the message retrieval process.

NOTE: Each of the 3 accounts has its own voicemail. The Voicemail access number may be set up in the

AYi cemai l | D ounderaicountsairr thee ivéba@aonfiguration interface.

MUTE
1.During a call, the LCDesdcrPBPeaswithedtcepbutegpodMdi ng |
mute the call.

22 After the HAMuteodo b UCDtsaeen wilsl pdriesspsleady, heiit thisetmuittin 6so . w
pressed, the mute feature is cancelled.
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PSTN QLLS

For GXV3140s that equipped wit he andréckite PETN Radls witiothe t he ph
FXO LINE port. If a PSTN line is connected to the LINE port and properly detected by the phone, a small
AFXO0 icon will appear on the phonebf6s status panel.

Q71 2 300 6m 03-29-2012 11:27 "%

9.
1

e

IP:192.168.89.18 Thursday
03-29-2012

Menu Switch Screen Skype

Figure: Idle Screen with FXO Port Icon

1. To make an outgoing PSTN call from the GXV3140
i Take the handset off hook or use the speaker/headset. A dial tone is given; adjust account
by pressing the LINE button to select the FXO line. The status of each Line will be
displayed on the top, and the first one is the account being used to dial out.

Q1237 03-29-201210:01 "

ine 1: Dialing
FXO
Line 2: Idle

Line 3: Idle

. I

p—y

Backspace Redial Cancel

Figure: FXO PSTN Dialing Screen
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1 Enter the PSTN number.
1 Press the Send soft key

2. PSTN Incoming Calls
For PSTN incoming calls, if anyone calls the PSTN line humber connected to the GXV3140, the
phone will ring and the PSTN Call ID will be displayed. User can pick up the call as with any
other calls.

Q47123 03-29-201210:00 ™

Line 1: Ringing
FXO

Line 2: Idle
Line 3: Idle

926014600

Accept Audio
Figure: FXO PSTN Incoming Call Ringing

QY1 23ME? 03-29-201210:01 "™

Line 1: Talking PCMU

FXO 00:00:02
Line 2: Idle

Line 3: Idle

910000

Mute Camera Block

Figure: FXO PSTN Talking
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3. FXO Port web Ul
FXO Port related settings are available in GXV3140 web Ul configurations pages under Maintenance/FXO
Port. For descriptions on these configuration items and how to configure them, please refer to Page 46 of
this document.

-- Multimedia Phone Administration Interface

Account 1 Account = Account 3 Advanced Setting Application Setting
‘:\‘ Network Settings
S FXO Port 6
((+J) WIFI Settings
3G 3G Settings
@ Time Settings AC termination model : & Country-based € Impedance-based
| Web,Telnet Access Country based : UsA |
Impedance based : G00R -- 500 ohms v
4 Upgrade
- Caller ID Scheme : Bellcore/Telcordia v
~/ Syslog .
Enable current disconnect : FYes
Deb
a HE Current disconnect threshold(ms) : 100
“ Language Enable PSTN disconnect tone direction : Myes
@ FXO Port PSTN disconnect tone - f1=480@-32 f2=620(@-32 c=500/41
~» TRo6y
Save Cancel
@ OpenVPN Settings
(=) Device Manager

Figure: FXO Port Web Ul Configuration
4. FXO Port LCD Menu
FXO port settings are also available vi aA Settimgs, thdtoneds
foll owing LCD submenu shows AFXO Settingso.

03-29-201211:29 "

Accounts Display Maintenance

-

Camera Call Features  Video Setting  EXO Settings
Select Back
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Figure: FXO Port LCD

Select AFXO Settingso, the LCD will display the follow
this document fAMaintenance/ FXO Portod for descriptions

Q123 = 03-29-201211:29 ™
; Settings / FXO Settings

AC Termination Model: ® EEIEEEEE ® Impedance Based

Country Based

Impedance Based
Caller ID Schema:
Enable Currents Disconnect:

Detect PSTN Disconnect Tone:

Figure: FXO Port LCD Configuration
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CALL FEATURES

These are the feature codes for call features. To use the code, select the line you wish to use by pressing

the LINE button and enter these feature codes.

Table 7: CALL FEATURES

*01

*02

*30
*31
*50
*51
*67
*82
*83
*84
*70
*71
*72

*73
*90

*91
*92

*93

Select the preferred video/audio codec used for the call. Dial *01 + codec feature code +
Phone/Ext. Number (See Table 8 for codec feature code) .

Force the video/audio codec used for the call. Dial *02 + codec feature code + Phone/Ext.
Number (See Table 8 for codec feature code).

Block Caller ID (for all subsequent calls).

Send Caller ID (for all subsequent calls).

Disable Call waiting (for all subsequent calls).

Enable Call Waiting (for all subsequent calls).

Block Caller ID (per call): Dial *67 + Phone/Ext. Number (no dial-tone in between).
Send Caller ID (per call): Dial *82 + Phone/Ext. Number (no dial-tone in between).
Send audio only: Dial *83 + Phone/Ext. Number (no dial-tone in between).

Send audio and video: Dial *84 + Phone/Ext. Number (no dial-tone in between).
Disable Call Waiting (per call): Dial *70 + Phone/Ext. Number (no dial-tone in between).
Enable Call Waiting (per call): Dial *71 + Phone/Ext. Number (no dial-tone in between).

Unconditional Call Forward: Dial *72 + Phone/Ext. Number followed by the # key. Wait for a
dial-tone and then hang up (dial-tone means input is successful).

Cancel Unconditional Call Forward: Dial *73 and wait for a dial-tone before hanging up.

Busy Call Forward: Dial *90 + Phone/Ext. Number followed by the # key. Wait for a dial- tone
and then hang up.

Cancel Busy Call Forward: dial *91 and wait for a dial-tone before hanging up.

Delayed Call Forward: Dial *92 + Phone/Ext. Number followed by the # key. Wait for a dial-tone
and then hang up.

Cancel Delayed Call Forward: Dial *93 and wait for a dial-tone before hanging up.
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Table 8: GXV3140 AUDIO/VIDEO CODEC FEATURE CODE

PCMU
PCMA
G723
G726-32
G729
G722
GSM
L16-256
H.264
H.263
H.263+

7110
7111
723
72632
729
722
7200
7202
264
263
2631998
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GXV3140WEB CONFIGURATION INTERFACE

The GXV31406 smbedded Web server responds to HTTP/HTTPS GET/POST requests. Embedded
HTML pages allows users to configure the IP Multimedia Phone through a Web browser such as
Mi c r o s o fModlla Firefé& (Java Script must be enabled).

GXV3140

Innovative Multimedia Phone

Username

Password

Language English ~

Figure 20: Web Browser Interface for GXV3140

ACCESBIG THE WEB CONFIGURATION PAGES

The GXV3140 Web Configuration Interface URL is http://Phone-IP-Address, where the Phone-IP Address
is the IP address displayed on the p h o n le&C® screen.

To access the phoneb6s :Web Configuration Menu

Connect the computer to the same network as the phone.

Make sure the phone is turned on and shows its IP-address on the LCD display.

Open a Web-browser on your computer.

Ent er t he -agdressinghé addrés® bar of the browser.

Enter the administratords |l ogin and password to acc¢

= =4 =4 -4 A
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1. The computer has to be connected to the same sub-network as the phone. This is easily done by
connecting the computer to the same hub or switch as the phone it is connected to. In absence of
a hub/switch (or free ports on the hub/switch), please connect the computer directly to the phone
using the PC-port on the phone.

2. If the phone is properly connected to a working Internet connection, the phone will display its IP
address. This address has the format: xxx.xxx.xxx.xxx, where xxx stands for a number from 0-255.
Users will need this number to access the Web Configuration Menu. For example, if the phone
shows 192.168. 0.h®/192068.6.608 ei pnt be athedhroowses bar of

3. The default | ogin name f oThe default admdistrator passwordiis setr i s 0 a
to 0 a d mirhe default login name forend-user s is fAusero while the defau
to 01230.

NOTE: When changing any settings, always SUBMIT them by pressing the SAVE button on the bottom of
the page. For those settings that are shown in the web user interface (Ul) with a dot next to it, users must
reboot the phone for the changes to take effect.

DEFINITIONS

This section describes the options in the Web configuration user interface. As mentioned, you can log in as
an administrator or an end-user.
9 Status: Displays the Account status, Network status, and System info of the phone
1 Account (1~3): To configure each of the SIP accounts.
1 Advanced Settings: To set General settings, Call Features, Video Settings, and Ring Tones.
1 Maintenance: To set Network Settings, Wifi Settings, Time Settings, Web/Telnet Access, Upgrade
and Provisioning, Syslog, Debug, Language, Device Manager and OpenVPN Settings.
1 Application Settings: To configure settings for the applications: Phonebook, IM, Twitter,
Facebook, Browser settings, Internet Radio, Photo Album, Last FM, Youtube, World Photo,
Weather, RSS News and Ringtone Manager.

STATUS PAGE DEFINTIONS

Status/Account Status

Account Shows the status of the 3 accounts.

Number Shows the extension number of the SIP account.
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SIP Server

Status

Status/Network Status

MAC Address

Address Type
IP Address
Subnet Mask
Gateway
DNS Server

NAT Type

Status/System Info
Product Model

Hardware Revision
PN Code (Part Number)

Software Version

System Up Time

ggmdstream
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Shows the URL/IP address and port of the SIP server.

Shows the status of the account.

The device ID, in HEX format. This is a very important ID for ISP
troubleshooting.

This field shows the type of address configured: DHCP, Static IP or PPPOE.
This field shows the IP address of the GXV3140.

This field shows the subnet mask of the GXV3140.

This field shows the Gateway of the GXV3140.

This field shows the DNS Server of the GXV3140.

This field shows the type of NAT configured.

Defines the product model: GXV3140.
Hardware version number: Main Board, Interface Board.
This field contains the product part number.

A Program: This is the mahichisdways osec

for identifying the software (or firmware) system of the phone.

A Boot : Booting code version numbe
A DSP: DsRiorcnanber.

A Base: Base code version number
A Core: Core code version number
A GAJ GUI-B: GUI interface version number.

This field shows system up time since the last reboot.

ADVANCED SETTINGS PAGEEFINITIONS

Advanced Settings/General Settings

Local RTP Port

This parameter defines the local RTP port used to listen and transmit. It is
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Use Random Port

Keep-alive Intervals (s)

STUN Server

Use NAT IP

SSL Certificate
SSL Private Key

SSL Private key Password
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the base RTP port for channel 0. When configured, for audio, channel O will
use this port _value for; channel 1 will use port value+4 for. For video,
channel 0 will use port_value+2 for; channel 1 will use port_value+6 for
RTP. The default value is 5004.

When set to YES, this parameter will force random generation of both the
local SIP and RTP ports. This is usually necessary when multiple
GXV3140s are behind the same full cone NAT. The Default setting is YES.
(This parameter must be set to NO before Direct IP Calling will work)

This parameter specifies how often the GXV3140 sends a blank UDP
packettotheS1 P ser ver i n orgheorl etoo okne etph
to open. The default setting is 20 seconds.

The IP address or Domain name of the STUN server. STUN resolution
results are displayed in the STATUS page of the Web Ul. Only
non-symmetric NAT routers work with STUN.

Default STUN server: stun.ipvideotalk.com

The NAT IP address used in SIP/SDP messages. This field is blank at the
default settings. This should ONLY be used if your ITSP requires it.

This defines the SSL certificate needed to access certain websites.
This defines the SSL Private key.

This defines the SSL private key password.

Advanced Settings/Call Features

Disable Call-Waiting

Disable Call-Waiting Tone

Disable DND Reminder
Ring

Disable Direct IP Call

Offhook Auto Dial

The default setting is No. If set to Yes, the call waiting feature will be
disabled.

The default setting is No. If set to Yes, the call waiting tone will be disabled.

The default setting is No. If set to Yes, the ring splash that indicates an
incoming call when DND is enabled will not be played.

The default setting is No. If set to Yes, Direct IP calling will be disabled.

Configure a User ID/extension to dial automatically when the phone is
taken offhook. By default, the phone will use the first account to dial out.

Advanced Settings/Video Settings

Enable Motion Detection

Video frame rate

The phone will exit idle/screensaver mode if motion is detected. The default
setting is Yes.

The Default value is 15 frames/second. The video frame rate is adjustable
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Video bit rate

Video Packet Size

Video Rate Control

Video Frame Skipping

I-Frame Reference Only

Packetization-Mode

Redundant P-frame

Adaptive MB Intra Refresh

Video Packet Loss Rate
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based on network conditions.

Increasing the frame rate will increase the amount of transferred data
significantly therefore consuming more bandwidth. Lack of bandwidth will
impair the video due to packet loss.

The Default value is 128 kbps. The video bit rate is adjustable based on
network conditions.

Increasing the video bit rate may improve video quality if the bandwidth
permits.

Otherwise the video quality will be impaired due to packet loss.

The Default value is 1400, range from 100 to 1400.

It is recommended to use 600~800 if you have an Outbound Proxy or
Media Gateway.

Frame, TMN8 or GOP. The Default setting is Frame.
TMNS8 is good for bandwidths larger than 384kbps.

Skips bad video frames as they are received.

The Default setting is No.

When enabled, all P frames will only have reference to previous | frames.
This method may improve video quality when the network has heavy packet
loss. It will have modest increase in bandwidth usage. The Default setting is
No.

The packetization mode (0 or 1) for the H.264 video packets. The default
setting is 0.

This setting allows the phone to send redundant P-frames of | frames.
When an | frame is delayed or has packet loss, the redundant P-frames will
be used instead. It may make video phone call less prone to errors and thus
make the video stream more robust towards error propagation, but may
increase bandwidth usage. The default setting is set to No.

This parameter specifies whether Adaptive MB Intra Refresh is used or not.
It may protect most important MBs (macro blocks) subjected to packet loss
and to avoid error propagation. The intra-refresh rate is adapted according
to the video packet loss rate. It may increase bandwidth usage. The default
setting is set to No.

Specifies the phone video packet loss rate for the Adaptive MB Intra
Refresh. Users can choose from: Less than 5%, Less than 10%, Less than
15%, Less than 20%, Less than 25%. The default setting is set to Less than
10%.
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Advanced Settings/Ring Tone

Call Progress Tones

Default Ring Cadence

Using these settings, users can configure ring or tone frequencies based on
parameters from the local telecom provider. By default, they are set to the
North American standard.

Frequencies should be configured with known values to avoid
uncomfortable high pitch sounds.

Syntax: f1=val,f2=val[,c=on1/off1[-on2/off2[-on3/off3]]];

(Frequencies are in Hz and cadence on and off are in 10ms)

ON is the period of ringing (fAOn

silence. In order to set a continuous ring, OFF should be zero. Otherwise it
will ring ON ms and a pause of OFF ms and then repeat the pattern. Up to
three cadences are supported.

This defines the ring cadence for the phone. The default setting is:
€=2000/4000;

MAINTENANCE PAGE DEFINITIONS

Maintenance/Network Settings

Address Type

PPPOE

Static IP

DHCP Host name (Option
12)

DHCP Domain name
(Option 15)
DHCP vendor class ID
(Option 60)

Alternate DNS Server

Layer 3 Qos

Layer 2 QoS

This selects the type of IP address assigned: DHCP, PPPoE or Static IP.

When PPPoE is selected, the user needs to enter the following: PPPoE
Account ID, PPPoE Password, PPPoE Service Name.

When Static IP is selected, the user needs to enter the following: IP
address, Subnet Mask, Default Gateway, Preferred DNS Server and
Alternate DNS Server.

Default is blank. This option specifies the name of the client. This field is optional
but may be required by some Internet Service Providers.

Default is blank. This option specifies the domain name that client should use when

resolving hostnames via the Domain Name System.

Default is GXV. Used by clients and servers to exchange vendor-specific

information.

This field sets the preferred DNS server for the user.

This field defines the layer 3 QoS parameter. It is the value used for IP
Precedence, Diff-Serv or MPLS. The Default value is 0.

This field contains the value used for layer 2 VLAN tagging. The Default
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802.1Q/VLAN Tag

Layer 2 QoS
802.1p Priority Value

Maintenance/WIFI| Settings

WIFI Functions

Wireless Mode

Network Type

Channel

ESSID

Security Mode

Maintenance/Time Settings

NTP Server

DHCP Option 42 override
NTP server

Time Zone

Self-Defined Time Zone
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value is 0.

This assigns the priority value of the Layer2 QoS packets. The Default
value is 0.

This parameter enables/disables the WIFI function. The default setting is
set to ANoa

This parameter defines the wireless mode used. The GXV3140 supports
802.11b/g/n.

This parameter defines the network type of the wireless network: Ad-hoc or
AP/Managed. By default, it is set to PAP or Manageda

This parameter defines the channel (1-10) for the wireless network. The
default setting is set to fAutoa

This parameter sets the ESSID for the Wireless network. Press fiScandto
scan for the available wireless network and add it. Users can also press
fAddoto add the ESSID directly.

This parameter defines the security mode used for the wireless network.
The following are supported: WEP/Shared, WEP/OPEN, WPA PSK TKIP,
WPA PSK AES, WPA2 PSK TKIP, WPA2 PSK AES. The default setting is
set to fDisableda

Users will need to enter the corresponding authentication password for the
security mode.

This parameter defines the URL or IP address of the NTP (Network Time
Protocol) server. The GXV3140 phone may obtain the date and time from
the server.

The default setting is ntp.ipvideotalk.com.

Select Yes for the user to allow DHCP Option 2 to override the NTP server if
there is one on the LAN. The default setting is NO.

This parameter controls the date/time display according to the specified
time zone.

This parameter allows the users to define their own time zone.

The syntax is: std offset dst [offset], start [/time], end [/time]
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Default is set to: MTZ+6MDT+5,M3.2.0,M11.1.0

MTZ+6MDT+5,

This indicates a time zone with 6 hours offset with 1 hour ahead which is
U.S central time. If it is positive (+) if the local time zone is west of the Prime
Meridian (A.K.A: International or Greenwich Meridian) and negative (-) if it
is east.

M3.2.0,M11.1.0

The 1st number indicates Month: 1,2,3.., 12 (for Jan, Feb, .., Dec)

The 2nd number indicates the nth iteration of the weekday: (1st Sunday,
3rd Tuesdayé)

The 3rd number indicates weekday: 0,1,2,..,6( for Sun, Mon, Tues,..,Sat)
Therefore, this example is the DST which starts from the second Sunday of
March to the 1st Sunday of November.

Maintenance/Web & Telnet Access

Disable Telnet

Access Method

Port

Admin Password

User Password

The default value is No. If set to YES, the GXV3140 will not allow any telnet
access to the phone.

This defines the access method for web access: HTTP or secure HTTPS
protocol.

This defines the port for web access. By default, HTTP uses port 80 and
HTTPS uses port 443. This field is for customizable web ports.

This defines the administrator password for web interface access. Only the
administrato r can configure the iAdvanc
pages. The password is case sensitive and the maximum password length
is 25 characters.

This defines the user password for web interface access.

Maintenance/Upgrade and Provisioning

Lock Keypad for Update

XML Config File Password

HTTP/HTTPS User Name

HTTP/HTTPS Password

The default value is NO. If set to YES, the keypad will be disabled from
making any updates.

The password used for encrypting the XML configuration file using
OpenSSL. This is required for the phone to decrypt the encrypted XML
configuration file.

The user name for the HTTP server.

The password for the HTTP server.

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 45 of 153



Upgrade Via

Firmware Server Path

Config Server Path

Firmware File Prefix

Firmware File Postfix

Config File Prefix

Config File Postfix

DHCP Option 66 override
Server

Automatic Upgrade
Period time of upgrade

checking

Hour of the day (0-23)

Day of the week (0-6)

Automatic Upgrade Rule

Authenticate Conf File
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This field allows the user to choose the firmware upgrade method: TFTP,
HTTP or HTTPS.

Defines the server path for the firmware server. It can be different from the
Configuration server which is used for provisioning.

This is the server path for provisioning; it can be different from the firmware
server.

This field enables your ITSP to lock firmware updates. If configured, only
the firmware with the matching encrypted prefix will be downloaded and
flashed into the phone.

This field enables your ITSP to lock firmware updates. If configured, only
the firmware with the matching encrypted postfix will be downloaded and
flashed into the phone.

This field enables your ITSP to lock configuration updates. If configured,
only the configuration file with the matching encrypted prefix will be
downloaded and flashed into the phone.

This field enables your ITSP to lock configuration updates. If configured,
only the configuration file with the matching encrypted postfix will be
downloaded and flashed into the phone.

The Default setting is YES. If DHCP option 66 is enabled on the LAN side,
the TFTP server can be redirected. Please be very careful when configuring
this as the redirection could break the phone if this happens during the
firmware upgrade.

The default value is NO. Choose fAY
and provisioning.
Specifies the time period to check for firmware upgrade. The default setting

is 10080 minutes ( 7 days).

Defines the hour of the day to check the HTTP/TFTP server for firmware
upgrades or configuration files changes.

Defines the day of the week to check the HTTP/TFTP server for firmware
upgrades or configuration files changes.

Defines the rules for automatic upgrade: Always Check, when F/W
suffix/prefix changes, Skip the Firmware Check.

Authenticate configuration file before acceptance. The Default setting is
NO.
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Factory Reset

Maintenance/Syslog

Syslog Server

Syslog Level

Maintenance/Debug

Capture Trace

View Trace

Enable Application Debug

Maintenance/Language

Language

Maintenance/FXO Port

AC Termination Model
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Restore to factory default settings. Users can choose from: Full Reset, VolP
Data Reset, and User Data Reset. After the selection is made, press the
fResetobutton to factory reset the phone.

Note: Users can use the backup/restore functionality of the phone prior to
the factory reset.

The URL/IP address for the syslog server.

Select the level of logging for syslog. The default setting is NONE.
There are 4 levels: INFO, DEBUG, ERROR and WARNING.

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).

Press START to start capturing a trace, and press STOP to abort the
capture process.

Press LIST to view the list of captured traces. It will show the time the trace
was captured. Click on the name of the file to download and view the trace.

When set to YES, the trace captured will contain debug messages.
The default setting is NO.

Selects the language setting for the phone.

You can select the AC termination by Country or by Impedance.
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Country-Based
Impedance-Based

Caller ID Scheme

Enable Current
Disconnect
Current Disconnect

Threshold (ms)

Enable PSTN Disconnect
Tone Detection

PSTN Disconnect Tone
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15 Countries are selectable in this version of the F/W.
Select the Impedance used by the PSTN service provider.
Bellcore/Telcordia, ETSI-FSK, ETSI-DTMF, SIN 227 i BT, & NTT Japan
Default is Yes. This value should be used in case the PSTN provider uses line power
drop to indicate call completion to the end point. In this case the GXV3140 will search
for a power drop for a preconfigured time frame to disconnect calls.
This is a preconfigured value of duration for a line power drop used by specific service
providers. For example, for a configured value of 500ms the device will ignore any
random voltage drops on the line if duration of such drop is less than 500ms and the call
will NOT be considered as terminated. This is useful to prevent unnecessary call drops

in some low quality PSTN lines.

If set to Yes, arrived Busy Tone is used as the disconnect signal.

In certain countries, the central office will send a special busy tone to indicate when a
call is disconnected from the remote side. User can pre-configure this tone on the ATA.
The user should know the frequency values and cadences of these tones.

Here is an example for the syntax for a busy tone in the U.S.A:

(Syntax: fl=freq@vol, f2=freq@vol, c=on1/off1-on2/off2-on3/0off3;)

(Note: freq: 0 - 4000Hz; vol: -30 - 0dBm)

(Default: Busy Tone - f1=480@-24,f2=620@-24,c=500/500;)

Note : Maximum supported cadences is 3

Maintenance/Device Manager (LCD)

Screen Saver Timeout
(m)
Screen Saver Interval

(s)

This sets the lapsed idle time needed for the screen saver to appear. The
default setting is 5 minutes.

The screen saver is a picture slide show. This defines the frequency to
change the picture on the screen for the screen saver.

The default setting is 10 seconds.

LCD Auto Power Off Time This defines the lapsed idle time needed for the LCD to power off

(m)

automatically in order to save power. The default setting is 15 minutes.

Maintenance/Device Manager (Headset)

Headset TX Gain (dB)

Headset RX Gain (dB)

Transmi ssion gain. I tds a heads.ehe
default setting is 0dB.

Receive gain. Itds a headset s dhet
default setting is 0dB.
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Maintenance/Device Manager (Camera)

Zoom mode

Exposure Setting

Color Mode

White Balance

Lens Correction

Flicker Control

Select the desired camera zoom mode (Tele, optical, digital). Can adjust
local video zoom either in mirror mode or during the call (on the fly) by
pressing the Left or Right Arrow Key.

Select the desired Camera Exposure mode based on the surroundings.
The default setting is set to Auto.

Select the desired Camera Color Mode (Color or Monochromatic). The
default setting is set to Color.

Select the desired Camera White Balance to be automatic or Fixed. The
default setting is set to Auto.

Correct Camera Lens noise. The default setting is set to YES.
It is recommended to set this parameter to YES to reduce camera lens
noise and improve video quality.

Reduces flicker of image shot with a video camera caused by luminance
fluctuation of an illuminating light source. Users can select 50Hz/60Hz
depending on the frequency of the commercial electrical power.

The default setting is set to Auto.

Maintenance/Device Manager (TV Port)

TV Output

Select the desired TV Output type (PAL or NTSC).

Maintenance/OpenVPN Settings

Enable OpenVPN

OpenVPN Server address
OpenVPN server port

OpenVPN CA

OpenVPN Client Certificate

OpenVPN Client Key

This enables/disables OpenVPN functionality. The default setting is No. To
use OpenVPN functionality, it requires user to have access to an OpenVPN
server.

The URL/IP address for the OpenVPN server.
The network port for the OpenVPN server. By default, it is set to 1194.

OpenVPN CA file (ca.crt) required by the OpenVPN server for
authentication purposes. Press flUploadoto upload the corresponding file
to the phone.

OpenVPN Client certificate file (*.crt) required by the OpenVPN server for
authentication purposes. Press flUploaddto upload the corresponding file
to the phone.

The OpenVPN Client key (*.key) required by the OpenVPN server for
authentication purposes. Press flJploadoto upload the corresponding file
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to the phone.

NOTE: To use OpenVPN functionalities, users must enable OpenVPN and configure all of the settings
related to OpenVPN, including server address, port, OpenVPN CA, certificate and key. Additionally, the

user must also set the SIP account to use AVPNO for the MNat Traversaldo un@er Account-> Network

Settings). Reboot the phone after these settings are saved for the changes to take effect. Once the phone

connects to the OpenVPN server and the authentication is correct, the phone will show the VPN IP
address under the Status-> Network Status, but it will still display the LAN IP on the LCD of the phone.

SIP ACCOUNT CONFIGURATION PAGE DEFINITIONS

The GXV3140 has three lines that can be configured to accommodate independent SIP accounts. Every
SIP account has an individual configuration page.

Account/General Settings
Account Active

Account Name

SIP Server

SIP User ID

Authenticate ID

Authenticate password

Voice Mail User ID

Name

User ID is phone number:

Account/Network Settings

Outbound Proxy

Select YES to enable and use the Line.

The account name for the user that is displayed on the LCD screen.

The IP address of the SIP server or the given domain name of the VoIP
service provider.

User account information provided by the VoIP service provider; normally
similar to a telephone number or an actual telephone number.

The authenticate ID for the SIP user. It can differ or be the same as the SIP
user ID.

The password that the GXV uses to authenticate with the ITSP (SIP) server.
After it is saved, this will appear as blank for security reasons. The
maximum length is 25 characters.

When this is configured, the user can dial to the voicemail server using the
MESSAGE button. This ID is normally the feature code for Voice Mail.

The Caller ID that will be displayed for the account.

If the Video phone has an assigned PSTN number, this field should be set
t o YESO . Ot her wi s Q0 .s ¥ESO it s t & e tfl, a

par ameter wi || be attached to t hoe
indicate the E.164 number.

IP address or Domain name of the Outbound Proxy, or Media Gateway, or
Session Border Controller. Used by the GXV3140 for firewall or NAT
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DNS Mode

NAT Traversal

Proxy Require

Account/SIP Settings

SIP Registration

Unregister On Reboot

Register Expiration (m)

Wait Time Retry

Registration (s)

Local SIP Port

Subscribe for MWI

Session Expiration (s)

MIN-SE (s)
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penetration in different network environments. If a symmetric NAT is
detected, STUN will not work and ONLY an Outbound Proxy will work.

The default is set to A Record. If the user wishes to locate the server by DNS
SRV, the user may select SRV or NATPTR/SRV.

This setting decides whether the NAT traversal mechanism is activated. If it
is set to fiYeso and SthelGMV3$48 willreute i s
according the STUN server.

In this mode, the STUN client embedded in the phone will communicate with
the appointed STUN server to examine which type of Firewall/NAT setting is
employed. If the type of NAT detected is Full Cone, Restricted Cone or
Port-Restricted cone, the phone will try to use public IP addresses and port
in all the SIP and SDP messages.

I f the ANAT N)rdaviesr scad n(fSiTguu r e da | ti ov eboe
phone will send an empty SDP packet (without payload data) to the SIP
server once in 20 seconds to keep the NAT port open. If an outbound proxy

server is used, pl ease configure t

Notifies the SIP server that the unit is behind a NAT/Firewall.

Selects whether or not the GXV3140 will send a SIP Register message to
the proxy; The default setting is YES.

If set to YES, the SIP user registration messages will be cleared on reboot.
The default setting is YES.

This defines the expiration time of the registration in minutes. The default
value is 50 minutes; the maximum value is 65535 minutes (approximately
45 days) and the minimum value is 5 minutes.

The wait time for registration retry if registration fails. The default is set to
20 Seconds.

The local SIP port for sending and receiving data. The default settings for
Account 1/2/3 are 5060/5062/5064.

Default is set to No. When selected, a SUBSCRIBE for Message Waiting
Indication will be sent out periodically.

Session Expiration is the time (in seconds) at which the session is
considered timed out if no successful session refresh transaction occurs
beforehand. The default value is 180 seconds.

The minimum session expiration (in seconds). The default value is 90
seconds.
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UAC Specify Refresher As a Caller, select UAC to use the phone as the refresher, or select UAS to
use the Callee or proxy server as the refresher.

UAS Specify Refresher As a Callee, select UAC to use the caller or proxy server as the refresher,
or select UAS to use the phone as the refresher.

Force INVITE The Session Timer can be refreshed using the INVITE or UPDATE
methods. Selecti Yes o to use the | NVITE meil
timer.

Caller Request Timer The default setting is Yes. If Yes is selected, the phone will use the session

timer when it makes outbound calls if remote party supports session timer.

Callee Request Timer If Yes is selected, the phone will use the session timer when it receives
inbound calls with session timer request.

Force Timer If Yes is selected, the timer will be activated even if the other party does not
support session timers. If No is selected, the timer will be activated only if
the other party supports the timer. To disable the timer, Caller Request
timer, Callee request timer and Force Timer should all be set to No.

Enable 100rel The use of the PRACK (Provisional Acknowledgment) method enables
reliability to SIP provisional responses (1xx series). This is very important in
order to support PSTN internetworking. To invoke a reliable provisional
response, the 100rel tag is appended to the value of the required header of
the initial signaling messages. The default setting is No.

SIP Transport Selects the SIP transport method. There are three types: TCP, UDP and
TLS.

Symmetric RTP Selects whether or not symmetric RTP is supported.

Support SIP Instance ID Selects whether or not SIP Instance ID is supported.

Validate Incoming This configuration selects whether or not the incoming messages should be

Messages validated.

SIP T1 Timeout This configures the timeout period for SIP T1. The default setting is 0.5
Seconds.

SIP T2 Interval This configures the time interval for SIP T2. The default setting is 4
seconds.

Remove OBP from route The SIP Extension notifies the SIP server that it is behind a NAT/firewall.

Account/Codec Settings

Enable Video --YES: Accepts all incoming video, this is the default setting;
--NO: video is disabled;
--Enable/Disable during dialing: Dialing time choice to enable/disable video.

DTMF Assigns the mechanism to send DTMF. There are three supported modes:
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DTMF Payload Type

Preferred VVocoder

Preferred Video Codec

H.264Payload type

H.263+ Payload type

L16-256 Payload type

H.263 Encoder Resolution

Silence Suppression

Voice Frame per TX
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in audio (with DTMF as audio signals), through RTP and through SIP INFO.
Sends DTMF using RFC2833. The default is 101.

This products supports up to 8 different Vocoders: including
G. 7 11 (P@MUILMA),GSM,G726-32,G.723.1,G.729A/B, G.722 and
L16-256.

When this has been configured, the system will select the preferred
vocoder from the list and the same order is sent with the SDP messages.

The user can change the preferred vocoder priority order by toggling with
the up and down buttons. It is recommended to use the default setting
i P QU ;if other vocoders are chosen, there could be an audio
transmission error.

Selects the preferred video codec from the available list. It is recommended
to use H.264.

Selects the dynamic H.264 codec payload type (ranges from 96-127). The
default setting is 99.

Selects the H.263+ codec payload type (ranges from 96-127). The default
setting is 103.

Selects the L16-256 codec payload type (ranges from 96-127). The default
setting is 103.

Selects the resolution (CIF/QCIF) used for H.263 codec. The default
resolution is CIF.

This controls the G723/G729 silence suppression/VAD. If set to YES, when
no audio is detected, the phone will send a small number of VAD packets
(instead of audio packets). If Set to NO, this feature is disabled. The default
setting is NO.

This configures the number of voice frames transmitted per packet. (It is
recommended to set this based on the Ethernet IS packet limitation T 1500
Byte or 120kb/s).

When configuring this, it should b
will change with different configurations here. This value is related to the
codec used and the actual frames transmitted during the in payload call.

For exampl e: if the codec is confi
TX0 is set to 2. Thenthe fibéei MBYVI '
be 60 ms. This is because the G723 voice frame is 30 ms. Similarly, if the
setting is 2 and the codec is G72!
SDP in the INVITE request will be 20 ms.
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If the voice frames per TX configuration exceeds the maximum value
allowed, the phone will choose the preferred codec and use the maximum
value allowed.

The maximum value is 64 frames.

Adjusting these values will also change the jitter buffer. The phone has an
algorithm for setting the jitter buffer and the jitter buffer rate is around
20-200ms.

For end-users, it is recommended to use the default setting, as incorrect
settings may influence the quality of audio.

This defines the encoding rate for G723 vocoder, and can be 6.3Kb/s or
5.3Kb/s. Please confirm with your service provider.

Users can select either Fixed or Adaptive based on network conditions. The
default is Adaptive.

User can select Low, Medium, or High based on network conditions. The
default is Medium.

Sets the prefix added to each dialed number.

Dial Plan Rules:
1. Accepted Digits: 1,2,3,4,5,6,7,8,9,0 , *, #, A,a,B,b,C,c,D,d
2. Grammar: X - any digit from 0-9;

a) xx+ - atleast 2 digit numbers

b) xx. - only 2 digit numbers

c) ~-exclude

d) [3-5] - any digit of 3, 4, or 5

e) [147] - any digitof1, 4, or7

f) <2=011> - replace digit 2 with 011 when dialing

g) |-the OR operand

A Example 1: {[369]11 | 1617XXXXXX
Allow 311, 611, and 911 or any 10 digit numbers with leading digits 1617

A Example 2: {7~1900x+ | <=1617>xXxX
Block any number of leading digits 1900 or add prefix 1617 for any dialed 7
digit

numbers

A Exampl e -9BxxxxX | ¥2c0di>k+}
Allows any number with leading digit 1 followed by a 3 digit number,
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followed by any number between 2 and 9, followed by any 7 digit number
OR Allows any length of numbers with leading digit 2, replacing the 2 with
011 when dialed.

3. Default: Outgoing T {x+}
Allow any length of numbers.

Example of a simple dial plan used in a Home/Office in the US:

{71900x. | <=1617>[2-9]xxxxxX | L[2-9]xX[2-9]xxxxxX | 011[2-9]X. |
[3469]11 }

Explanation of example rule (reading from left to right):

A~ 1 9 prévants dialing any number started with 1900
A<=1617>[2-9]xxxxxx - allows dialing to local area code (617) humbers by
dialing

7 numbers and 1617 area code will be added automatically

A 9[g2-9]xxxxxx |- allows dialing to any US/Canada Number with 11
digits

length

A 0 19]x[- @llows international calls starting with 011

A [ 3 4-&a) didling special and emergency numbers 311, 411, 611
and 911

Note: In some cases where the user wishes to dial strings such as *123 to
activate voice mail or other applications provided by their service provider,
the * should be predefined inside the dial plan feature. An example dial plan
will be: { *x+ } which allows the user to dial * followed by any length of

numbers.
Early Dial The default setting is NO. Use only if the proxy supports 484 response.
Refer to Use Target The default is NO. I f set to YES, then f oTo:
Contact header uses the transferred target
Auto Answer The default setting is NO. If it is set to YES, the GXV3140 wi | | pl a

sound and answer the phone automatically on the speaker.

Send Anonymous Ifsetto YES,t he AFromod header in the out
anonymous to block the caller ID from displaying. The default setting is NO.

Anonymous Call Rejection The default setting is NO; If set to YES any anonymous call will be rejected
(with 486Busy message).

Special Feature Different soft switch vendors have special requirements; therefore users
may need to select special features to meet these requirements. Users can
choose from Standard, CBCOM, RNK, China Mobile, ZTE IMS and Mobotix
depending on their need.

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 55 of 153



Enable Call Features
Call Forward Unconditional
Call Forward When Busy

Call Forward When No
Answer

Delayed Call Forward Wait
Time (s)
No Key Entry Timeout (s)

Ring Timeout (s)

Transfer on Conference
Hangup

Use # as Dial Key

Account Ringtone

Ring Tone

ggmdstream

The default setting is Standard.

The default is set to YES. If it is set to NO, call features are disabled.
Sets the number to forward to unconditionally.

Sets the number to forward to when busy.

Sets the number to forward to when no answer.

The wait time before transferring the call to another extension or to
voicemail; the default setting is 20 seconds.

Defines the time out duration on no key entry.
Default setting is 4 seconds.

Defines the time out duration on no answer.
Default setting is 60 second.

Defines whether or not the call is transferred to the other party if the initiator
of the conference hangs up.

Default setting is set to No.

Selects whether or not # is used as Send.

This allows the user to configure the general ringtone used for this account.
Users can choose from different ringtones from the dropdown menu. They
can also upload mp3 files in Ringtone manager for their own ringtone.
Users can select up to 3 distinctive ringtones to match incoming caller ID.
Users can choose from different ringtones from the dropdown menu. They
can also upload mp3 files in Ringtone manager for their own ringtone.

APPLICATIONSETTINGS PAGBEFINITIONS

Application Settings /Phonebook

Save Phonebook to PC

File Source

Clear The Old List

Replace Duplicate Items

Allows the user to save the phonebook list to the PC. Users can click on the
fSaveobutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from finternetd or from fLocal Filed The default setting is set to
download file from Internet.

If set to fiyeso ,the phone will clear the old phonebook list before
downloading the new file. The default setting is set to iNoa

If set to fivesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to Noa
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Phonebook Download Mode Selects the file download mode for the download server. Users can choose

Phonebook Download
Server

Download Interval (Min)

Download Now

Local File

Application Settings /IM
Google Talk /

MSN/

QQ/

Yahoo

Application Settings /Twitter

Auto Refresh Time
Retweet Format

View Name

Page Limit

Account

Server

from TFTP/HTTP/OAf.

The URL/IP address of the phonebook download server.

The interval at which the phonebook will be downloaded from the download
server (in Minutes). The default setting is 0.

This allows the user to download the data file from the download server to
the phone. Presst h Bowfiloadobutton to trigger the file download.

If the user has selected flLocal Fileofor File Source, press fBrowseoto bring
up a file selection menu to select the local file to upload to the phone.

This allows users to configure their account login for Google Talk/
MSN/QQ/Yahoo Messenger.

Click on AADDO |ada dromptédeto emterehe usernaime,
password for authorization. The user can choose to delete the account later
if he/she desires.

Set the auto refresh time.

This parameter sets the retweet format.

This sets the view name, user can choose from fiJser Nameo or ifiScreen
Namea The default setting is iJser Nameo

Configure the number of tweets displayed on a page.
Users can select from 20/40/60/80 per page.

This allows users to configure their account login for Twitter.

Click on AADDO andromptédeto emterehe username,
password for authorization. The user can choose to delete the account later
if he/she desires.

This allows user to select the server they wish to receive update from. By
default, it is set to http://twitter.com .

Users can also add their own server by clicking on the MAddo button, they
can also delete the server later if desired.

Application Settings /Facebook

Facebook Account

This allows users to configure their account login for Facebook.

Click on ADbpDU windovd for authentication purposes will
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appear. In the new window, the user will be prompted to log into Facebook
by entering the username, password for authorization. After the user has
logged in successfully, their Facebook account will be added.

The user can choose to delete the account later if he/she desires.

Application Settings /Browser Settings

Start Browser On Boot

Browser Home Page

Save bookmarks to PC

File Source

Clear The Old List

Replace Duplicate Items

Download Mode

Download Server

Download Now

Local File

Start the embedded mini browser in LCD once the phone boot up.
The default setting is No.

The mini browser home page. The Default is file://html/index.html

Allows the user to save the bookmarks list to the PC. Users can click on the
fSavedbutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from Internet or from local file. The default setting is set to
download file from Internet.

If set to fiveso ,the phone will clear the old bookmarks list before
downloading the new file. The default setting is set to iNoa

If set to fAivesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to iNoa

Selects the file download mode for the download server. Users can choose
from TFTP/HTTP/OAf.

The URL/IP address of the file download server.

This allows the user to download the data file from the download server to
the phone. Presst h Bownloaddbutton to trigger the file download.

If the user has selected flLocal Fileofor File Source, press fBrowseoto bring
up a file selection menu to select the local file to upload to the phone.

Application Settings /Internet Radio

Save Favorites to PC

File Source

Clear The Old List

Replace Duplicate ltems

Download Mode

Allows the user to save the fFavoritesdlist to the PC. Users can click on the
fSaveobutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from finterneto or from flLocal Filea The default setting is set to
download file from Internet.

If set to fiveso the phone will clear the old favorites list before downloading
the new file. The default setting is set to iNoa

If set to Avesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to Noa

Selects the file download mode for the download server. Users can choose
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from TFTP/HTTP/OAf.

The URL/IP address of the file download server.

This allows the user to download the data file from the download server to
the phone. Presst h Bownloaddbutton to trigger the file download.

If the user has selected flLocal Fileofor File Source, press fBrowseoto bring
up a file selection menu to select the local file to upload to the phone.

Application Settings /Photo Album

Photobucket Account/
Flickr Account/
Phanfare Account

This allows users to configure their account login for
Photobucket/Flickr/Phanfare, the online photo album service.

Click on nADDO andromptédeto emtereahe username,
password for authorization. The user can choose to delete the account later
if he/she desires.

Application Settings /Last FM

User Name

Password

The user must register for a Last FM account or have an existing Last FM
account. This setting allows users to configure their account login for Last
FM.

Enter the username for Last FM account.

Enter the password for Last FM account.

Application Settings /Youtube

Save Favorites to PC

File Source

Clear The Old List

Replace Duplicate Iltems

Download Mode

Download Server

Download Now

Local File

Allows the user to save the fFavoritesélist to the PC. Users can click on the
fSaveobutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from finternetd or from fLocal Filed The default setting is set to
download file from Internet.

If set to fiveso the phone will clear the old favorites list before downloading
the new file. The default setting is set to iNoa

If set to fivesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to Noa

Selects the file download mode for the download server. Users can choose
from TFTP/HTTP/Off.

The URL/IP address of the file download server.

This allows the user to download the data file from the download server to
the phone. Presst h Bowfloaddbutton to trigger the file download.

If the user has selected fLocal Fileofor File Source, press fBrowseoto bring
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up a file selection menu to select the local file to upload to the phone.

Application Settings /World Photo

Save Favorites to PC

File Source

Clear The Old List

Replace Duplicate Items

Download Mode

Download Server

Download Now

Local File

Allows the user to save the fFavoritesdlist to the PC. Users can click on the
fSaveobutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from finterneto or from fLocal Filea The default setting is set to
download file from Internet.

If set to fiveso the phone will clear the old favorites list before downloading
the new file. The default setting is set to iNoa

If set to Aivesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to Noa

Selects the file download mode for the download server. Users can choose
from TFTP/HTTP/OAf.

The URL/IP address of the file download server.

This allows the user to download the data file from the download server to
the phone. Presst h Bowfloaddbutton to trigger the file download.

If the user has selected fLocal Fileofor File Source, press iBrowseoto bring
up a file selection menu to select the local file to upload to the phone.

Application Settings /Weather

Local City (City Code)

Refresh Interval (s)

Update Interval (m)

Degree Units

Save Favorites to PC

File Source

Clear The Old List

Replace Duplicate Items

Enter the zip code of the city the user wishes to receive weather updates.

The interval (in seconds) for information refreshing. The default setting is
40 seconds.

The interval (in minutes) for information updating. The default setting is 40
minutes.

Allows the user to specify the degree unit for the temperature to be
displayed. ( Fahrenheit or Celsius) The default unit is set to fFahrenheito
Allows the user to save the fFavoritesdlist to the PC. Users can click on the
fSaveobutton and save the xml file to the PC.

Configures the file source of the file to be downloaded. Users can choose to
download from finternetd or from fLocal Filed The default setting is set to
download file from Internet.

If set to fivyeso the phone will clear the old list before downloading the new
file. The default setting is set to iNoa

If set to fivesq the phone will replace any duplicate items in the phone with
the item in the new file. The default setting is set to Noa
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Selects the file download mode for the download server. Users can choose
from TFTP/HTTP/Off.

The URL/IP address of the file download server.

This allows the user to download the data file from the download server to
the phone. Presst h Bownloaddbutton to trigger the file download.

If the user has selected flLocal Fileodfor File Source, press fBrowseoto bring
up a file selection menu to select the local file to upload to the phone.

locate the corresponding international city code on Yahoo Weather

(http://weather.yahoo.com). Search for the city where you are located, and use the 8-digit city code
(located in the web browser address bar as part of the web URL) to configure the phone.

Application Settings /RSS News

Refresh Interval (s)

Update Interval (m)

Subscribe

RSS Feed 1/2/3

Application Settings /Skype

Account

Start Skype When | Start the
Phone

Skype Maximum Video

The interval (in seconds) for information refreshing. The default setting is
15 seconds.

The interval (in minutes) for information updating. The default setting is 10
minutes.

Provides a list of RSS feed category for users to subscribe to. These
categories includes: World, Domestic, Business, Sci/Tech, Popular, Sports
and Entertainment.

Enter the URL/IP address of the websites that the user wish to subscribe to.

This allows users to configure their account login for Skype.

Click on fafbpDup wiadovd for authentication purposes will
appear. In the new window, enter the Account/Password for the particular
user account.
The user can choose to delete the account later if he/she desires and can
choose to sign in automatically next time by checking the checkbox in the
new window.

Note: This configures the pre-existing Skype user account. If the user does
not have an existing Skype account, please register for a Skype account on
the Skype website first (https://login.skype.com/account/signup-form).

I f set to fAYeso, the Skype applic.
the user boots up the phone.

Defines the maximum video bitrate for Skype. The default value is 256.
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Bitrate

Application Settings /Ringtone Manager

Ringtone File Manager The manager allows users to centrally manage their ringtone files. It shows
all the currently available ringtones. Users can upload their own mp3
ringtone files by selecting the fJploado button. Users can also delete
unwanted ringtone files by selectingt h Belefedbutton.

SAVING THE CONFIGURATION CHANGES

After users makes changest o t he configuration, p r efguwation Menu.itkav e o bu
web browser will then display a message window to confirm the saved changes. Reboot the phone for the
new settings to take effect if the settings that you have changed have a dot next to it.

REBOOTING FROM REMOTEOCATIONS

Pressthe iReb oot 0 but t onrhand torner lofethe tomfiguration ghnénu to reboot the phone
remotely. The web browser will then display a message window to confirm with the user if they wish to
reboot the phoneornot. Cl i ck on fAYesd a nodt. Waihapprgximatety @ miwtek to log ire b
again.

CONFIGURATION THROUGH A CENTRAL SERVER

The Grandstream GXV3140 can be automatically configured from a central provisioning system.

When the GXV3140 boots up, it will send TFTP or HTTP request to download the configuration file,
A000b82xxxxxx.xmldandi c f g0 00 b82xxXxxxx0, where AO000b8GRIMKX XXO is

The configuration data can be downloaded from the central server via TFTP or HTTP/HTTPS. A service
provider or an enterprise with larger deployments of Grandstream devices can easily manage the
configuration and service provisioning of individual devices remotely from a central server.

Grandstream has a central provisioning system called GAPS (Grandstream Automated Provisioning
System). GAPS supports automatic configuration of Grandstream devices. GAPS use enhanced (NAT
friendly) TFTP or HTTP (thus no NAT issues) and other communication protocols to communicate with
each individual Grandstream device.
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Grandstream provides GAPS service to VolP service providers. GAPS can be used for either simple

redirection or with certain special provisioning settings. At boot-up, Grandstream devices by default point

to the Grandstream provisioning server (GAPS). Based on the unique MAC address of each device, GAPS
willprovision the devices with redirection settings so t
HTTP server for further provisioning. Grandstream also provides the GAPSLITE software package which

contains our NAT friendly TFTP server and a configuration tool to facilitate the task of generating device

configuration files.

The configuration tool is now free to end users. The tool and configuration templates are available for
download from http://www.grandstream.com/support/tools .
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LCD MENU AND FEATURES

The GXV31400 sser-friendly LCD MENU provides easy access to a host of features and convenient tools
to help simplify a wsaklifeboEssentiallys then@X¥ 3140 aandict ke a personal

assistant in many ways. In this section, weodll explore
can take full advantage of the GXV31406s capabi |l i ti es.
PHONE BOOK

Users can manage their contacts via the phone book. The phone book supports features such as
add/delete/modify contacts, downloadable phone book from the TFTP/HTTP server as well as the ability to
save the phonebook to the PC. Phone book supports up to 50 contact groups, with each group
containing a maximum of 500 contacts.

To access the phone book, select MENU-> Phone Book. Users may also access the phone book with the
Phone book button on the phone. Select the Phone Book to display the figure below:

12-15-2009 12:32 "

Phone Book

Lily
Smith

Extension: 8122334
Phone: 3123359876
Mobile: 3127776668
Fax:
Group: Default

Used 1, Total 500
Search Options Exit

Figure 21: Phonebook Screen

As shown in figure 21, every contact contains an Extension number, Phone number, Mobile number, Fax
number and the group it belongs to. On the lower right hand corner, it shows that the total capacity of the
phone book is 500 contacts, as well as the number of used contacts. User may dial the contact by pressing
F1, and can search for a contact by pressing F2. When searching, user needs to enter the user name to
search and press OK to confirm. Press F3 to access fOptionsg shown in Figure 22:
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12-15-2009 12:32"

Phone Book

Edit
Delete
Delete All
P 122334
123359876

127776668
Fa| Send Msg P

Gfl pownload ~ Ef@UIES

Used 1, Total 500
Search Options Exit

Figure 22: Phonebook options

As shown in figure 22,sel ect fANewd to add atpbpewocoptdaty;, USEskacstiiB
can add the entry to the phonebook and associate a picture taken by the screenshot feature as a
thumbnail image for the contact (see Figure 23).

12-15-2009 12:33"

Phone Book f New Contact

First Name:

Last Name:

Extension:
Phone:
Mobile:

Fax:

Backspace

Figure 23: Adding a new contact
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D123 = 12-15-2009 12:33"

Phone Book f New Contact

Group:

Picture:

Ring tone

Backspace

Figure 24: Advanced Settings for new contact

I n fAOpteleaamPel etsed to dededtee t t Hidie taetembafthel contacts in the
phone book.

In addition to manually adding each phonebook entry, the GXV3140 enables users to share and maintain
the phonebook (by means of a XML phonebook) through the web easily. The XML phonebook must be
stored on a HTTP/TFTP server. There are also applications where organizations will want to have a
centralized directory server and have all phones in the organization synchronize with the server
periodically.

To access this feature, select Options-> Download and the screen will display the following (see figure 25):

12-15-2009 12:32 "

Phone Book / 6ownload

Download or load file
File Source: e Local File
Clear The Old List: ® Off
Replace Duplicate Items: ® Off
Download Mode: 8 Off ® TFTP
Download Server:
Download Interval (Min):

Local File :

Backspace
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Figure 25: Downloading Phonebook

Please follow the Example Phonebook in the next section to compile the phonebook XML file. Also, note
that the phonebook file name is fixed to gs_phonebook.xml, so users cand alter the phonebook file name
based on user preference. After compiling the phonebook XML file, place the file under the web server root
directory and start the web server.

Make sure to specify the fPhonebook Download Modeo and the fPhonebook Download Server pathoin
the phone configuration. When the XML file is downloaded, the phone will parse and extract the entries from
it. If the fReplace Duplicate Itemso is set to fOffa the device will not replace duplicated items in the
phonebook. After the necessary configuration settings are set, navigate to the fDownloadd button next to
fDownload Nowo and press the round OK button on the phone.

The GXV3140 will start downloading the XML Phonebook and display the download status message on the
phone®& LCD screen. If the download is successful, the message fDownload successful!o will be displayed.
This means that all of the phonebook entries in the XML file are now stored in the GXV3140 phonebook.

1 Example Phonebook File

<?xml version="1.0" >
<AddressBook >
<version >1</version >

<pbgroup >

<id >3</ id >
<name>mygroup</ name>
<ringtones >../</ ringtones >
</ pbgroup >

<Contact >
<FirstName >John </ FirstName >
<LastName >Doe</ LastName >
<Phone>
<phonenumber >8765432 </ phonenumber >
<accountindex >0</ accountindex >
</ Phone>
<Group >0</ Group >
<PhotoUrl ></ PhotoUrl >
</ Contact >
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<Contact >
<FirstName >Lily </ FirstName >
<LastName >Lee</ LastName >
<Phone>
<phonenumber >8100000 </ phonenumber >
<accountindex >0</ accountindex >
</ Phone >
<Phone>
<phonenumber >123</ phonenumber >
<accountindex >1</ accountindex >
</ Phone>
<Group >0</ Group >
<PhotoUrl ></ PhotoUrl >
</ Contact >

<Contact >
<FirstName >Alan </ FirstName >
<LastName >Smith </ LastName >
<Phone>
<phonenumber >8100001 </ phonenumber >
<accountindex >0</ accountindex >
</ Phone>
<Group >0</ Group >
<PhotoUrl ></ PhotoUrl >
</ Contact >

</ AddressBook >

NOTE: If user is downloading from a local server, please ensure the TFTP/HTTP settings are correct.

CALL HISTORY

Users may access the phone& call records through the Call History. Call History allows users to view and
manage all calls (Outgoing, Incoming, and Missed). GXV3140 can support up to 20 entries for each Call
History type. Call History menu is accessible by selecting iIMENUG> fCall Historya Press F1 to Select Call
History. (See Figure 26)

As shown in Figure 26, users can choose to Call, Save a Call Record or select an action from Options. The
Call option allows user to redial or dial out to the number. The Save option will save the Name/Number to
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the phone book. The fiOptionsd dropdown menu contains Send Msg, View, Delete, Delete All and Back
options.

D471 2 3 i 04-11-201216:24 "

e

Call Histary

-\ Outgoing L & Incoming & Missed

ame/Mumber £c ime uration
f, Janeli<8121211> (Video) 1 04-11-2012 16:23 00:00:00

Save Options

Figure 26: Call History Screen

MESSAGES

GXV3140 supports text message feature (currently only English is supported). If two GXV3140s are

registered on the same SIP server, text messages can be sent/received between two parties. Similarly, if

other IP products support this feature, the text message feature can also be used to send/receive

messages between the device and the GXV3140. Thi s application is aexessibl e
ifMessages.

D71 2 3 = 05-07-2009 20:01 0

Messages

- _ r
[--¥] nm{ Bd Sent Ea Drafis

ender cct Bssages ime
[ 18100147 1 Welcome! Enjoy using tt 05-07-2009 20:00

Options
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Figure 27: Message Inbox

As shown in figure 27, users can create, view and manage their messages. When the user presses F3 to

select fOptionsq the user can dial the number of the sender, save the number of the sender, or delete the
message(s).

When the user receives a message, the following notification will show up on the LCD screen:

2009-03-18 14:331

471 2 3 =

MNew Message

You have 1 new message, press OK to view

Figure 28: New message alert

Press F3 to Select OK. This will open the message for the user to view.

D123 = 05-07-2009 20:01 0

Messages / Inbox

From : 8100147
05-07-2009 20:00

Account: 1

Message : elcome! Enjoy using the GXW3140 |P
ultimedia phone|

Reply Transmit Delete

Figure 29: Composing a message
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Figure 29 shows how users can choose to fReplyq firorwardoor fDeletedthe message.
NOTE:
1 Messages can be sent to more than 1 receiver. To send to multiple receivers, separate the

numbers with a semicolon (;). For example, send to three recipients (1331;1332;1333)
1 Currently, the maximum content length of the message is 128 characters.

SOCIAL NETWORKS

The GXV3140 IP Multimedia Phone supports popular online social networking including Skype, Instant
Messaging services (Google Talk, MSN, QQ and Yahoo), Twitter, Facebook and Google Voice.

Q4123 &= 09-02-2009 11:1210

R @

Phone Book Call History

Multimedia Applications Settings Personalize Info

Select Back

Figure 30: Social networks

SKYPE

Skype is an IP telephony software application that enables millions of users to communicate by
initiating and receiving free voice and video calls to other Skype users on computers, mobile devices
and other GXV3140 phones. To access Skype on the GXV3140, select IMENUG> fSocial
Networksa> 8kypeo(see figure 31).
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Q01 23 = 06-17-2010 16:24 *

B f O

Twitter Facebook Google Voice

e ——e—e————

Select

Figure 31: Skype Application

Creating a Skype Account

A Skype account is required in order to use Skype for free voice and video calling. If the user does not
have a pre-existing Skype account, a new account can be created using the Skype application login
page on the GXV3140. Selectthe iDon 6t have Shatiopte beNavigated dhrough the
registration process (see figure 32).

Q471 23 = 08-05-2010 14:24 ™
S Social Networks / Skype .

Username: | ‘
\ o
Password: ‘ ‘ Forgotten password?

= Sign in automatically next time
B Start Skype when I start the phone
Backspace 123 Sign In Exit

Figure 32: Skype Login Screen

Next, check ii A ¢ ¢ éopatcépt Skypeb sigreement terms (see figure 33). Users will be required to
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provide valid information to create a new Skype account.

Jd4a123 = 08-05-2010 14:24 ®
Social Metworks f Skype / Don't have a Skype Name?

mﬁ Create a new Skype Account

Accept Decline

Figure 33: Skype Disclaimer

During account registration, a warning message will be displayed if the username, password or email

address entered is invalid. A green checkmark displayed to the right of each item indicates whether the

information was successfully entered. If you wish to save your login information or receive Skype news

and special offers, simply mark the appropriate checkboxes. After all the requested items are

completed, t he ASign I no butt thef i d softkbydo campleté theaacceurht. Press
registration process. (See figure 34).

d49123 & 06-17-2010 18:39 ®
Social Metworks / Skype / Don't have a Skype Name?

Create Skype Name: (i

Ernail: goodmood@gm: "d

= send me Skype news and special of fers

Backspace 123 sign In Cancel

Figure 34: Creating a new Skype account

FIRMWARE VERSION 1.0.7.60 GXV3140 USER MANUAL Page 73 of 153



Pre-existing Account Sign-In

andstream

Innovative IP Voice & Video

Users with a pre-existing Skype account can login to Skype by simply entering the correct username

and password. Complete sign-i n by

Q47123 =

pressl mag htandgin B Skiype.iSee figure 35)

08-05-2010 14:25"

Social Networks / Skype

Username:

Password:

:

e )

& Sign in automatically next time

Don'thave a Skype Name?

Forgotten password?

B Start Skype when I start the phone

Backspace

123

Sign In

Figure 35: Skype Login Screen

If the user forgets the password, click on

AFor got t e r?o0bpters te whtain hassword reset

instructions. OptionssuchasfiSi gn i n automandcAft grne3kype owmeedm | st
are available to help users to login automatically without having to enter user information again next

time.

Note: Alternatively, users can also log into the web GUI on the GXV3140. Sel ect AApplic
sett>n&g&ypeo. Click on the AAddo button and fill in
Skype account to the GXV3140.

Managing Contacts

Aftersignin,t he user 6s contact I ist wild.l be dipwfjelobthee d, s ho
contacts on the right-hand window. Additionally, users can add contacts by selecting fOptionso>

fContactd> Adda To view detailed contacti nf or mat i on, s eThe abilitytdrémogevandp r of i | e

block a contact is also available by selecting the appropriate button in the fi C o n twandow.0(See

figure 36).
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08-05-2010 14:27 "

® insidestory

e

View profile
Amy Hiyiew group P | Audio Call

s Amy TW Cell

Add to group | Video Call
View all groups | Remove
Block

ad cellphone
& Dad TW cell
TsTFathtweel Phone| Settings
& Faith TW home Sign Out
Back

Call Add Contacts Options

Figure 36: Skype Options Menu

For efficient contact management, users can place contacts into different groups. Sel ect A Vi ew gr o

to choose one of the current groups. To place a contactintoa speci fic group, sel ect
Select fAView all geealgrpup informationmwighin allgwups n d
Settings

Users can select fDptionso> 8ettingsoto access four (4) personal setting tabs (General, Call Features,
Ringtones, and Privacy). (See figure 37).

06-17-201016:52 "

® minmin4300

B . T Contact 4 .—-~
i View group P ‘\‘, «
Add to group
skype I| View all groups . ocho123
Phonen
Sign Out

Statl ———————| Online
Back

Options Exit

Figure 37: Skype Settings
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The General Settings tab (see figure 38) allows users to configure general Skype settings including

setting the period of time (in minutes) before showing the user as i A w awhen the user is inactive.

The time duration for keeping call history information can also be set by selecting a length of period
fromKedpai 8t ory f or : ¢ allristoryw usersTsimplg Heedda select the button titled

ACar Hi st or y 0.useFlogin aflenpowenmadnihe GXV3140, t he #fAStart Skype wt
t he p kchedkmoshould be selected. To properly save all these settings successfully, users must

press the i S a \sddt &ey button.

Jd4a123 = 08-05-2010 14:27 ™
Social Metworks / Skype / 5ettings

“Genera “CallFeatures

Show me as 'Away' when T
Show me as 'Away' when e
Iam inactive for: H :

Keep history for: v Clear Chat Hjstu
& -

= Start Skype when I start the phone

Backspace

Figure 38: Skype General Settings

The Call Features tab (see figure 39) allows users to configure call features for the Skype application.

Call can be programmed to be automatically answered when there is an incoming call by Selecting

i E n a ot fienéwer Calls Automaticallya Calls can also be automatically forwarded to another Skype

user in the event the user is not on Skype. To enablethecallf or war ding function, sel ec
when | d8m not on Skypeodo and i ndperibd of time(seComds)wte calwiln g Sk y p ¢
ring unanswered before the call is forwarded. To properly save all these settings successfully, users

must press the fiSaveodo soft key button.
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D123 @ 06-17-2010 16:52 ™

! Enera

Answer calls automatically: @ Enable

Social Metworks / Skype f 5ettings

B Forward calls when I'm not on Skype

Forward to: T ‘
Forward calls if Ido not answer within : ‘ second(s)

Backspace

Figure 39:Skype Call Features Settings

The Ringtones tab (see figure 40) allows users to change and customize ringtones for both the call

and chatfuncton. To hear the current ringtone, .press APl ayo r

d49123 = 06-17-2010 16:52 ™
Social Metworks / Skype / 5ettings

JET'IETE EdtUres oo

Call ringtone: v Play
BIOYSE..
Chat ringtone:

Play

Hraiss...

Backspace

Figure 40: Skype Ringtones Setting

Tocustomize or select a different ursitnogticoaribedropueve meu. need t
Next, the i Br o wsbet®rowill then be acti vat ed. Pr ess i Bto accessetieed

ringtone file from the File Manager. Pr e s s i Succeessfully sebthe desired ringtone. (See figure
41))

0
and i
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d49123 = 06-18-2010 10:46 ™
Social Metworks / Skype / 5ettings

! Enera

Call ringtone: s Play

Hrowse,..

Chat ringtone:

Figure 41: Skype Ringtones Setting

The Privacy tab (see figure 42) is very important as it controls incoming calls, chats and personal
information exposed to ot heedr oSk yfipCen | uys epreso.p | e Ifercotm fnfyn
the privileges for incoming calls, chats, phone number view and avatar view. To let others see the
contact list, selectthei Show how many omiont Ta alowsothér SKype users to see the
status of a call, users shouldc heck AAIl ow my stat us Tomopdlesawhlown on
these settings successfully, users must press the AS:

d49123 = 06-17-2010 16:52 ™
Social Metworks / Skype / 5ettings

Al & Only people from my contacts
Allow chats from:
8 Anyone @ Only people from my contacts
Allow phone number view from:
8 Anyone 8 Only people from my contacts
Allow avatar view from:
B A = ;. " K ] Tighyw o el
& Anyone Only people from my contacts

= Show how many contacts [ have
= Allow my status to be shown on the web

Backspace abc Save

Figure 42: Skype Privacy Setting
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Calls

To place a Skype call to a contact on the contacts list (see figure 43), go to the t a IConfactsdoand
select the desired contact person. When sel ect ed, infdrnmaton &nd stats onill s

displayed to the right on the screen. To initiate or make a call, users need to press the softkeyi Cal | 0
on the desired contactd s s cr een.

06-17-2010 19:04 ™

Social Networks f Skype
oot % T o Ww™
Arcontaces

W insidestory

# minmin2379

% minmin s
—m Skype Name: minmin4d 300

Phone number:

Status: Online

Options Exit

Figure 43: Skype Contacts List

To place anaudioonlycal,bsel ect the contact amrdCobhendsdi ecCafOptic
Figure 44 depicts the screen when a call is being dialed out. To cancel the call before the connection is
established; sCammpcleyl Oop rseosfst tkheey fbutt on.

Q490123 = 06-17-2010 18:19 ™

Line 1: Calling

Cancel

Figure 44: Placing a call with Skype
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When the user receives an incoming call, the window depicted below (see figure 45) will be displayed.
Theusersmusts el ect dActAptept ARdjett o before the convers.

QA7T1 23 = 08-06-201010:33" E £ S

Line 1: Ringing
Skype

Line 2: Idle

Line 3: Idle

Ny

Accept Accept Audio

Figure 45: Incoming Skype Call Screen

The GXV3140 supports call hold/resume when using Skype. While on an initial call another call request

comes in, press the line button (@) on the GXV3140 and select the line where the corresponding

conversation should be established (see figure 46). To resume the initial call placed on hold, the user
should select the line by pressing the line key and selecting the line to switch between the calls.

Q@23 =7 06-17-201019:12 "

Bt Hoiding PCMU / H.264
Skype 00:00:57

Line 2 (Skype): Ringing minmin4632

Line 3: Idle

-
A

il

Resume

Figure 46: Skype Call Hold
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NOTE: The GXV3140 does not support Skype conference calls at this time.

To place a call to a party outside or not on the u s e cudrent contact list, simply enter the phone
number or Skype username by navigating the fi C athbl (se figure 47). For SkypeOut call or calls to
an external landline or number, users need to check their credit balance in the account before
attempting a call. The available Skype Credit Balance is displayed for user convenience.

To initiate a conversation, enter the number or the Skype username to call and then presst he A Cal | o
soft key. To search for the country code for the corresponding country, simplys el ect t he fiSear ch

button.

Warning: No emergency calls are allowed as Skype is not a replacement for a standard telephone.

Jd4a123 = 08-05-2010 14:29 ™
Social Networks f Skype
- ® insidestory

Skype credit balance: 4.11 EUR

Enter the phone number with country or region code.

ﬁ

Search code
A —

Skype is not a telephone replacement
service and cannot be used for emergency dialing.

Backspace 123 Call Exit

Figure 47:SkypeOut Call Screen

Chats
To chat with a Skype contact, gotothet ab A Contact o and s e(keefigure 48h e
Press i C h #otiniiate the chatting window.
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d49123 = 06-17-2010 19:04 ®
Social Networks f Skype
® minmin2379

T Echo 7 Sound Test Service .
|n5|.Estur'|.' i \ s
’ LRV 4

% minmin ; e
Psuggestion 2345894 Skype Name: minmind300
Phone number:

Status: Online

Options Exit

Figure 48: Skype Contact List

Once the chat window is opened, the user will see figure 49 bel o w. Presigitattbdhat 0 t o
conversation. Presst h Optidnsdo s o ffar additenal chat settings.

D123 @ 06-17-201017:12"®

Social Networks/Skype/Chat
<2010/6/17=> l

min 17:7:35
hellg~~~

Show Members

Close Chat
Leave Chat

Show History

Add Members Delete History

Back

Options

Figure 49: Skype Chat Options

To chat, enter the message inthe windowan d pr ess @A Se n d,mameardémesteany wikh g e
be displayed in the window. To exitthechat, pr ess fACand&@l 6 (see figure
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D123 @ 06-17-2010 17:07 ™

Social Networks/Skype/Chat

<2010/6/17>

min 17:7:35
hellg~~~

|how are you~~|

Backspace Cancel

Figure 50: Skype Chat

In the chat window, users can select different options with the i Opt i o nkey Selead i Show
Member so to vi eSesrolldiwato dicChtoset £hat 0 an dtheffHatwindow. Chat 0 |
Usersarealsoabl e to view or del ete chato(skeifigutedl).y by sel ecti

D123 @ 06-17-201017:12"®

Social Networks/Skype/Chat
<2010/6/17=> !

min 17:7:35
hellg~~~

Show Members

Close Chat
Leave Chat

Show History

Add Members Delete History

Back
Options

Figure 51: Skype Chat History

To add memberstoac hat , sel exit Adid pre raMmaddsa duddy from the contact list
(see figure 52). Select the contact and p r e s s ->fi Afd@iKdce.the contact joins, everyone in this
group chat room is able to chat with each other.
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Figure 52: Adding contacts to Skype chat
For more chat options, navigate to the i C h #ab (8ee figure 53). Chat history is displayed as well as

the ability to initiate a new chat by pressingf Openo on one of t hgsing thee ms fr
i Op t isoftrkey,dusers can also delete the selected chat history.

Figure 53: Delete Skype Chat

History

To view the history of all call events, users can scrolltothe A Hi sotal. Byypressingthe i Op t isaftn s 0
key, users can delete selected items or clear all history. The ability to remove or block contacts is also
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