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. Welcome to SJphone™

SJphone™ is a softphone that allows you to speak over Internet with any desktops, notebooks, PDAs, stand-
alone IP-phones and even with any conventional landline or mobile phones. It supports both SIP and H.323
industry standards, and is fully inter-operable with most major Internet Telephony Service Providers (ITSP) and
VolIP software and hardware.

For calling over the world you need to open an account with an IP-Telephony service and to get their service
profile, or to make their SJphone™ profile yourself.

Advanced users may build their own Voice over IP networks using either an H.323 Gatekeeper, SIP proxy, IP-
PBX, ILS Directory server, and other components. They can also connect to conventional telephones using
H.323/SIP Gateways (such as Cisco 26xx/36xx/37xx/53xx).

1.1. SIJphone™ Features

SIP Compatibility allows you to speak over Internet
e directly with most other SIP-softphones and stand-alone SIP-phones (such as Cisco 7940)
o with other people in your company through your SIP IP-PBX system or Proxies (such as Asterisk, Broadsoft
and others)
¢ with all other people around the world using most SIP ITSP accounts such as FWD (www.fwd.pulver.com)
e aregular telephone using most SIP Gateways

H.323 Compatibility allows you to speak over Internet

directly with any other H.323-softphones, and stand-alone H.323-phones.

with other people in your company through your H.323 IP-PBX system, such as Cisco Call Manager
with all other people around the world through any H.323 ITSP accounts

with a computer or telephone on a private network through a Gatekeeper

a regular telephone using most H.323 Gateways

Features that make SJphone™ Easy to Use:
¢ Skins allow you to change the appearance of the SJphone™ Main panel
e Call any host by its name or IP address
e Proven Interoperability with most IT service providers (you can download profiles for some of them)
Fast Service switching between ITSP, IP-PBX, Gatekeeper, Gateway, or SIP Proxy settings and GUI
Contacts, call logs, and speed dialing
Call a computer or telephone on a private network through a Gatekeeper
Call transfer, hold, and mute
Can automatically accept incoming calls, or reject them immediately (the "Do Not Disturb" mode) or after a
specified time
¢ Automatic discovery of neighbor SJphones™
e Respondent list allows you to maintain and manage multiple calls
¢ Dial pad to type in numbers and send DTMF signals, sent using the either as audio, INFO message, or out-of-
band methods.
Input and output sound level indication and control
Automatically adjustable microphone volume
Automatically adjustable silence detection level
Support for most USB phones (several drivers are downloadable)
Support for most popular codecs: G711, GSM, iLBC, (G729 available only in commercial versions)
Automatic NAT detection
Calls from/to a private IP-network using the NAT traversal technology
Message waiting indication

Page 4 of 43 page © SJ Labs, 1999-2005
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Features for Advanced Users:
e Customized service profiles allow you to create your own profiles for calls through your H.323 Gatekeeper,
Gateway, or SIP Proxy
Multisession calls
3-way conferencing using different VolP protocols
Manual codec selection
DNS support in the SIP stack
ILS (Internet user Location Service) directory
Support for extended H.323 address syntax
e Support for advanced SIP URL syntax
e Support for ILS contact syntax
e Selectable SIP transport protocol (TCP/UDP)
e Lost and out-of-order packet indication
¢ Log window for operation monitoring
¢ Advanced lost packet recovery, offering better sound quality over a poor connection.
e CallTo URL support
e Installable Advanced Help
¢ Remote support console
e Open API for developing third-party VolP applications
Attention! Advanced lost packet recovery is not fully H.323-compatible. Use it only while communicating with
other SJphone™-compatible software.

1.2. SIJphone™ Features Coming Soon

¢ Video

e Open API allows you to develop your own VolP application

e Full uPnP support

¢ Instant Messenger and Presence Support

¢ Hi-Quality Voice
To learn more about these features and to obtain the latest version of SJphone™, go to the SJ Labs web page at:
http://www.sjlabs.com

1.3. System Requirements
A PC running Windows 98SE/ME/2000sp4/XPSP2:

Attention Windows 2000 users! You need to install Microsoft Installer 2.0 before installing SJphone™ from
www.microsoft.com.

Hardware requirement:

At least Intel Celeron 300 CPU with 32MB for Windows 98SE, 128MB for Windows 2000, 256 for Windows
XP.

A full-duplex sound card with a microphone and speakers, or any USB phones. Installed latest DirectX (7.0 at
least, current version is 9.0) is strongly recommended; you can check it by dxdiag.exe. Please use latest
drivers for soundcards and USB phones.

Any kind of broadband TCP/IP connection like wired or wireless (802.11x, 802.16x) Ethernet or wide area
connections (WAN) like DSL, E1/T1, etc are recommended. You will get a better sound quality with a
wideband connection but a v.90 analog modem is enough if you are using voice compression with an
appropriate codec.

If you need to place a call to/from PSTN, you must have an ITSP account or access to an H.323 or SIP
Gateway like CISCO 26xx/36xx/3700/53xx, etc. Refer to your gateway manual to check whether your
gateway is configured correctly.

© SJ Labs, 1999-2005 Page 5 of 43 pages
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1.4. Installing SJphone™

Attention Win2000/XP users! You must have administrative privileges to install SJphone™. If you are

not sure whether you have such privileges, you almost certainly do not have them. Contact your system
administrator for assistance.

To install SJphone™
¢ Download and run the installation file.

¢ Follow the on-screen instructions. .
To uninstall SJphone™, go to Control Panel->Add/Remove Programs->SJphone->Install/Uninstall.
To start SJphone™, go to Start->SJ Labs program group->SJphone->SJphone.

1.5. Registering SJphone™

You may register your SJphone™. The registration is free and removes the advertising pop-up window. You will
also be able to receive information about new SJphone™ releases.

To register your SJphone™ on-line,

e Click the Options button on the SJphone™ Main panel. The Options panel will appear.
e Select the Support tab, then click the Register button.
An SJphone registration message will appear.

5Jphone registration

Enker a new Activation Key, Is)
% If vou receive the Activation Key electronically,

wou may copy it and paste ta the fields below Cancel

using the Paste butkan. To obtain the Activation

Key, dlick the Get Key button and Follow the Gek Key...
inskruckions.

ESJ Labs, 1999-2004, release May 24 2004, Build: 1,30.230 Paste

ddild}

|N34s0  |DFSDA  |I0S45 |EOR7K | 23467 Help

o Enter your activation key and click the OK button. The activation key is case-insensitive.

If you receive the key electronically, you may copy and paste it to the SJphone registration message
using the Paste button.

If you do not have the activation key yet,

e Click the Get Key button.
The Product Registration page will appear in your default web browser.

(;JLabs Y /7

Product registration

Exristing user New user

Login *E-mail [RR@example.net
(rour e-mail address or Ackivation Key) P asswordleseasess

Fassword *Repeat

Save my password
password on [] *Mame ar
this computer business |Richard Roe
Country of USA,
residence

*
TF t d Select .
orgot my passwor product Sdphone forWin32 )

*Subscribe to
51 mailing list

(Announces of new releases, new features, stc)

e Enter the necessary information and click the Register button.
Page 6 of 43 page © SJ Labs, 1999-2005
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A confirmation e-mail will be sent to your E-mail and the Awaiting Confirmation page will appear in your

default web browser.

- WOICE OVER IF SOFTW

i

(;j La bs r.\“}

Awaiting confirmation

An e-mail frorn 51 Labs has been sent to your address. Please confirm the registration by clicking the link in

that g-mail,
Go to logon page

¢ When the mail arrives, click a link in the mail.

The Congratulations! Your registration is complete. page will appear in your default web browser.

@\J Labs r.}j

~WOICE OVER IF SOFTWARE

User: Richard Roe (RR@example net)
Product Number of licenses
Slphaone for Win3z 5
Return to Main Menu

Congratulations! Your registration is complete.

M3450-DF SDAI0Z45-50R TH-23457

Activation Key

e Copy and paste the activation key to the SJphone registration message and click the OK button.

If you want to change your personal information

o Click the Options button on the SJphone™ Main panel. The Options panel will appear.

o Select the Support tab, then click the Register button.
An SJphone registration message will appear.

Click the Get Key button.

The Product Registration page will appear in your default web browser.

G\J Labs r\:'f

-WOICE OVER IPF SOFTWARE
Product registration

Existing user

Login |N3450-DFSDA-I0S45-89R 7K-234" *E-mail

(vour e-mail address or Activation kKey) *password

Password [eseseses| *Repeat
Save my password
password on *Mame ar
this computer business

-LD on name
2 *Country of
residence

1 forgot my password *Select
product

*Subscribe to
21 mailing list

-=Please select =-

| will selectthe product later

(Announces of new releases, new features, atc)

MNew user

w

e Enter your Login and Password and click the Logon button. The Login is either an activation key of an SJ
Labs registered product or your e-mail address used for the registration. If you come to this page from an
already registered product, its activation key will be entered into Login automatically.

The Main Menu page will appear in your default web browser.

© SJ Labs, 1999-2005
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(sytabs v S&F L7

VOICE OVER IP SOFTWARE

Main menu

User: Richard Rog (RR@example.net)

Free product registration

All registered products
Change personal information
Log off

e Click Change personal information.
The Change personal information page will appear in your default web browser.

@Labs ]J @ ! /7

S-worce

Change personal information

User: Richard Roe (RR@example.net)

E-mail |[RR@example.net
Password | essssss
Repeat password (essseec
(enter the password only if you want to change it)
Name or Business name | Richard Roe
Country of residence | USA |
Subscribe to 51 mailing list

(Announces of new releases, new features, etc)

Submit changes

Disregard changes and return to the Main Menu

e Change required information and click the Submit changes button.

If you forgot your password,

e Click the Options button on the SJphone™ Main panel. The Options panel will appear.
o Select the Support tab, then click the Register button.
An SJphone registration message will appear.

e Click the Get Key button.
The Product Registration page will appear in your default web browser.

e Click I forgot my password.
An e-mail with the password will be sent to the e-mail address used for registration and the Your password
has been sent to your e-mail address page will appear in your default web browser.

(;:' Labs r.}'}' g@/ 9/7

E OVER IF SOFTW, L'

Your password has been sent to your e-mail address

Go to login page

1.6. Contact Information and Technical Support

Email: sjphone@sjlabs.com

http://www.sjlabs.com

or

Click the Option button on the Main panel, select the Support tab, and click the Web button.

You may also automatically record and submit the information about the problems from the system tray menu.
To do this,

¢ Right-click the SJphone system tray icon or skin, select Bug Reporting, and then Start Recording.

¢ Reproduce the problem

Page 8 of 43 page © SJ Labs, 1999-2005
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¢ Right-click the SJphone system tray icon or skin and select Submit....
The Submit Bug Report window will appear
e Describe the problem in the window.

e Submit the bug report either manually or automatically using your default mail program.
You may cancel bug report by selecting Cancel Recording.

Remote Console (available in the Advanced Mode interface only and may be unavailable for some
service profiles)

Attention! You need to contact the support team to obtain the information on how to obtain remote on-line
support.

Remote on-line support allows the support team to solve your problem remotely. They may review configuration
options and immediately correct them if necessary. You need to contact the support team to obtain the
information how to receive the remote on-line support.

Options rls__<| Web Click this button to visit SJ Labs home page
Bug Report  Click this button to generate an e-mail bug report.
Uzer Information ] Call Options ] Profiles ] ILS Dvirectony ] . . . .
Audio | HotKeys | Skins | Meighborhood  Suppor Register Click this button to register your copy of SJphone™
Eontct BlistomerEare. Advanced Click this button to activate Remote Console

Wweb: wiww silabs com
E-mail: siphonei@sjlabs.com

Remote Console

SJLabz RemoteConsole allows pou to receive remote akK.

techrical support and assistance.

Initiabe connection to the technical Cancel
suppart tearn.

“ufait Connection | /ait for incoming conhection.

Build 1.30.2354d, Jul 2 2004 — Status field will display address and
port walues
Unregistered version Beqister... IV Use fixed port. | 5001
Dizconnect current support zezsion.
Bug Repart... ®1333-2004, SJ Labs Advanced...
Status: |Disconnected
Ok, | Cancel |

© SJ Labs, 1999-2005 Page 9 of 43 pages
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2.1. Controls on the Main Panel

Attention! Some SJphone™ skins do not have the Options button. In this case, you can go to Options by
right-clicking the SJphone™ system tray icon or skin and selecting Options.

Call to:
S.Jr_lll Faca
.example.com a \C Status:
! Mic
m Mt E'a':kl Selected respundent]
Operational [0
{Otto Schwartz 4~ Speaker
¢ Operational [03:01] (PCMA)
B Edward Erwin Lost %:
\’, ©n Hold [04:38] (G5M (
Call ko: B323:ip:jd. example.com Order %:
Pt ) ! : Buttons
Dial
e Hangup
Conference Conference
Hold
hi jkl
4 o S 6 o Transfer
rs fuwv WX
7 p 8 9 wipz Contacts
x D oper #
Voice Mail
. Options
The standard Main panel has two screens. Some
skins may have more.
EEX
——— Mute
Call ko |h323:ip:jd.example.c0m ﬂ Speak
Skatus: | Call ko h323:ip:jd.example.com m
Conference
@ Edward Erwin Hold
< Hold [00:19:39] (GSM (Rull rate))
Transfer >>
. Contacts <<
Iartin Back - i
Operational [00:26:57] (G.711 A-law bdk) % Exit
Muke:
g He|p
Wi Lost %1 _ teb |
Speaker (IO Crder %: Exit Sliders
Mic
Speaker

SJphone™ Panels and User Features

Type here the IP address, host name,
nickname, or telephone number you want to
call

Displays the call status

Indicates input sound level for the current
session

Indicates output sound level for the current
session

Indicates how many packets are lost for the
current session

Indicates how many packets are out of order
for the current session

Click this button to dial the address typed in
the Call to: field
Shortcut key: Alt + d or Enter

Click this button to end the call
Shortcut key: Alt + h or Enter when in a call

Click this button to join selected respondents
to a conference talk

Click this button to put the call on hold

Click this button to transfer the call to the
address specified in the Call to: field

Click this button to activate the SJphone™
Contacts

Click this button to receive your voice mail.

Click this button to activate the SJphone™
Options panel. Using this panel, you can
configure SJphone™,

Shortcut key: Alt + o

Click the Mute button to mute your voice. The
Speak button will appear.

Click the Speak button to resume the
conversation. The Mute button will appear
again.

Shortcut key: Alt + m and Alt +s

Click this button to go to the next screen of
SJphone™ Main panel

Click this button to close SJphone™ into the
system tray
Shortcut key: Alt + x

Click this button to start SJphone™'s Help
Shortcut key: Alt + e

Use this slider to adjust microphone volume
Use this slider to adjust output sound volume

Page 10 of 43 page
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i/ SJphone If you want to use Speed Dial, or send DTMF signals, you

need to activate the dial pad screen by pressing the >>
Callto  [h323:ip:jd.example.com || button. Use the * button to enter the dot. Use the C button
i to enter backspace.
Status: Call to: h323:ip:id. example.com bt i .
e S You can select the Main panel appearance from available
S skins. Go to the Skins section to learn more about this
e e | i T feature.
| | | Transfer
G 5 5]
= = = Cortacts
il | 8 | EX | Options
] G L
Lt
Mic Sl Help
Speaket m————— f——  Order %! Exit
You may look at the respondent properties. Right-click the T ——
respondent and select the Properties item in the pop-up menu. _
The Session Properties message will appear. i e Tmes Hh323
Call Type: IP

Direction: Incorming

Address: 192,168,321 1042

Respondent: Martin Back

Program; SJLabs® SJphone wersion 1,10, 1650
Program version: 1,10.165h

Status: Operational

Lost and Out-of-Order Packets:

For quality communication, the number of lost packets should not exceed 10-15%. If the number of lost packets is
too high, go to the Connection issues section for troubleshooting.

A large number of out-of order packets means that your network is overloaded or unstable. Congestion in packet
switched networks can cause packets to take different routes to reach the same destination. Packets may arrive
in the wrong order resulting in garbled speech. To prevent this, SJphone™ stores received packets in a special
buffer and reorders them. That is why even a large number of out-of-order packets does not always deteriorate
the sound quality if the packets arrive within a certain time. If a packet comes too late, it gets lost.

Sound Adjustments:

Generally, you can adjust the SJphone™ sound characteristics using standard Windows audio controls or
controls on the Main panel.

The Mic and Speaker controls on the Main panel are connected with the standard Windows audio controls. Any
changes in their settings automatically change the corresponding settings on the Windows volume control panel.

Some additional audio options may be set on the Audio tab.

2.2. Contacts

Contacts allow you to store information about respondents you may want to call regularly. They also have ILS
Directory and Neighborhood browsers, and logs for missed, received, and dialed calls.

Call logs (Dialed, Missed, and Received)
You may see the list of missed, received, and dialed calls. You may repeat calls and see call records.

© SJ Labs, 1999-2005 Page 11 of 43 pages
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iDiego Velazgues
11/27/03 15:51:04, duration 01154
PPN SIF call

Call
M eighbars ] ILS ] Outlock Contacts ] Clear Log
Dialed Missed | Feceived | Phonebook | SpeedDial |
MBack example.com: 1720 Cal Properties
g 12/0%/0% 15:50:08, not answered For 00:01 —
H.323 call: Call Failed
Clear Log
Remove

Broperties...

to Phonebook
Bemave

to Phonebook Clear All Logs

Help
Clear Al Logs

Help

J 3 115

You may view the information about a call
To do this, double-click the call, or click the Properties

button.

The Call Record message will appear.

: Contacts

Meighbars | ILS |
Dialed Missed l Received ] Phonebook.
Johin Doe
120503 19:46:31, not answered For 08124

SIP call

Outlook Contacts

1

Click this button to call the selected

respondent

Click this button to remove all records in
this log.

Click this button to view the information
about a selected respondent

Click this button to remove the selected
record from this log

Click this button to add a selected
respondent to Phonebook

Click this button to clear all logs.

Click this button to activate SJphone™
Help

Call Record

Session ID: 26

Session Type: SIP

Call Type: UDP

Direckion: Oukgaing

Address: 192.0,2,231:5060

Dial String: sip:192.0.2,231
Respondent: Diego Yelazques
Pragrari: 5JLabs-5Jphone wersion 1.10.204a
Pragrarn wersion: 1.10.204a
Status: On Hold

Started: 11/27/03 15:51:04
Accepted: 11/27003 15:51:09
Ended: 11/27/03 15:53:03

End Reason; Hangup acknowledged
End Reson Desc.:

Speed Dial {
Lall
Clear Log
Properties. ..

Bemove

to Phonebook

Clear Al Logs

Call Record message

Call Record

@

Session I 179

Session Type: SIP

Call Type: LUDP

Direction: Incoming

Address: 192.0,2,103:5060

Dial String:

Respondent: John Doe

Program: 51Labs-5Jphone version 1.10,205
Program version: 1,10,205

Status: Answering incoming SIP call
Started; 12/05/03 19:46:31
Accepted: nfa

Ended: 12/05/03 19:52;55

End Reason: Cancelled by peer
End Reson Desc,:

Help

10

Page 12 of 43 page
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‘ Contacts
Meighbors ILS ] Outlook Contacts ]
Diged |  Missed Received | Phonebock |  SpeedDial |
ﬁg‘ 120503 19:28:12, duration 00:01
hd 223 call ez lleg
Properties...
Bemaove
to Phonebook.
Clear All Logs
Help
Phonebook

Call Record message

Call Record g|
L Session 10t 158
\ll) Session Type: H.323
Call Type: IP

Direction: Incorning

Address: 192.0,2.113:4305

Dial String: h323:0p:192.0.2,113
Respondent: Peter

Program: SLabs® SIphone wersion 1.10,205
Program wversion: 1,10,205

Status: Perfarming hangup

Started: 12/05/03 19:28:12

Accepted: 12/05/03 19:28:16

Ended: 12/05/03 19:28:17

End Reason: Call terminated normally,

End Reson Desc,: Other party hangs up the call,
RELEASE COMPLETE message received:

You can use the Phonebook panel in Contacts to store information about respondents whom you want to call
later. You may store either a phone number or an advanced dial string which may be any valid dial string. See the
Place a Call section for details.

, Contacts
Meighbors | ILs
Dialed ] Mizzed ] Feceived

Martin Back (Martin)
hz23tip:MEack example.nat

Call
] Outlook Contacts ] Add
Phonebook, SpeedDial |
Delete
Lall
Edit
Delete Help
Edit...

Help

Click this button to call the selected respondent

Click this button to add a new record to
Phonebook

Click this button to remove the selected record
from Phonebook

Click this button to edit the selected record
Click this button to activate SJphone™ Help

© SJ Labs, 1999-2005

Page 13 of 43 pages



SJphone™ Panels and User Features

SJphone™ User’s Guide

Respondent E| Full name:
Nick name:
Mame: | Martin Back .
E-mail:
Mick: | Martin Phone:
E-mail: |MBack@maiI.exampIe.com Edit Dialstring
Phone: SE51234 H ¢
! Dialstring:
[v Edit dialstring Comments:

Dialstring: |h323:ip:MBack.example.net

EaEyES Mewer try bo call this person!

QK | Cancel Help

Speed Dial

Field for the respondent’s full name

Field for the respondent's nickname
Field for the respondent's e-mail

Field for the respondent’s phone number

Select this box if you want to use an advanced dial string.
Go to the Place a Call section for details

Field for the advanced dialstring for the respondent.
Field for comments

Click the necessary button on the main panel, or press the digital button on your keyboard. SJphone™ will place

the information in the Call To: field.

Outlook Contacts

Neighbars | ILS |
Dialed ] Mizzed ] Received ] Phoneboak, Speed Dial

Alt: doe.example.net
Ctrl; 5555555 Beset

crl: 192,0.2.13 ~ Ed..

Alt: doe

@ Ctrl: ilz:simpson. exarnple.org Reset All..
Alt: h323im doe.example.net
@ Ctrl: haz2igw:192.0.2,1;5555555
Alt: h3z3:gke164:5955555
@ Ctrl: sip:idoe@exarnple.net
Alt: s 192.0.2.13
@ Ctrl: unassigred
Alt: unassigned

Ctrl: unassigred
Alt: unassigned

e

[ 2 ] (;F_rl: unass_igneq v Help

Neighbors

Edit Click this button to edit the selected record.
The Speed Dial Key window will appear.

Speed Dial Key "2

Pravide name or address ko be dialled:

Chrl + <key>: | 5555555

alt + <key=: |doe

Moke: if vour handset supports speed dialing then the
address will be picked up From Ckrl + <key = Field,

Ok | Cancel Help

Reset Click this button to delete the information in
the selected record

Reset All Click this button to delete the information in
all records
Help Click this button to activate SJphone™ Help

You may see other persons who are using SJphone™ on your local network. You may call them or add to

Contacts.

Attention! This feature works only on local area networks! If you use a personal firewall on your computer, make

sure that it does not block UDP port 5003.
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Didled |  Missed |
Meighbors

Feceived

IL5

l

l

Fhonebaook

Otto Schwartz
h3231ipi192.0.2,123:1720

Diego Yelazgues
| h3z3ipi192,0 2,231:1720

Call
| SpeedDisl || Refresh
Outlook Contacts ]
to Phonebook
ta Phonebaok Properties
Properties... HeIp

i

Help

Respondent

E-mail:

Phone:

Comments:

Eull name: | Diego Yelazques

Mick name: | Diego

| dvelazques@example.com

I

Dialstring: | h3z3:ip:192.0,2,231:1720

Ok | Cancel

Help

Click this button to call a selected
neighbor

Click this button to refresh the list of
neighbors

Click this button to add a respondent
from the Neighbors list to
Phonebook

Click this button to view the information
about a selected neighbor

Click this button to activate SJphone™
Help

© SJ Labs, 1999-2005
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ILS Directory Browser

You may use ILS Directory Browser to browse through an ILS Directory server to find people. You may log on
the ILS Directory specified on the ILS Directory tab. Click the from Options button.

Contacts

Dialed ] Mizzed ] Feceived ]
Meighbors ILS

Server address: |ils.example.net:389

Phonebook ]

Outlook Contacts ]

Refresh

SpeedDial | Call

from Options | Befresh | to Phonebook

Martin (MBack@mail, example.com)
Audic only Terminal
Persanal

Richard Roe (RR@example.cam)

ﬁ Audia anly Terrminal in Santa Rosa, CA

Perzonal, Business [Thiz person is Actitious!)

Help

Properties
Froperties
ta Phonebook

Help

Person pro

perties

First name:
Lask name:
E-rnail:
Location:
Counkry:
Address:
Hidden
Capabilities:
Category:
Application:
App. GUID:

Camments:

using ILS:

Mame ko call:

direct H.323:

MEacki@rail. exarnple. com
Martin Back.

MBack@mail.example.com

192.,0.2.213
Mo

Audio only
Personal

ms-netmeeking

Mewver kry to call this person
SJphone dial strings:
ils:MBack@mail. exarmple. com:ils. exarmple. net

h324:ip:MBack. exanple.com

Click this button to refresh the list of
neighbors

Click this button to call a selected
neighbor

Click this button to add a respondent
from the Neighbors list to Phonebook
Click this button to view the information
about a selected neighbor

Click this button to activate SJphone™
Help

Page 16 of 43 page

© SJ Labs, 1999-2005



SJphone™ User’s Guide

SJphone™ Panels and User Features

Outlook Contacts

Shows the contacts in the Microsoft Outlook or Outlook Express with phone numbers. It appears only if
Microsoft Outlook or Outlook Express is installed.

Dialed ] rizzed ] Received ] FPhonebook ]

Echward Erwin (EE@mail.example.com)
Work; 552314

Martin Back (MBack@mail.example.com)
Work: 5551234

Otho Schwartz (OSch@mail.example.com)
Work: 5554321

Help

& Call

speedDial || HeElP
Meighbars ] ILS Outlook Contacts

Cal

2.3. Skins

To call the phone number of a selected contact, you need to select a profile for telephone calls.

Click this button to call a selected neighbor

Click this button to activate SJphone™ Help

You can choose the SJphone™ Main panel appearance by using skins.
Attention! Some skins may have no Options button. To access the Options panel, right-click the SJphone™

system tray icon or skin and select Options on the system tray menu.

Options

User Information i Call Options i Frofiles 1 ILS Directony i
Audio 1 Hot Keys Skins i Meighborhood i Support 1

" Do not use skin

Do not use skin

Use skin from
active Service
Profile

Use skin

Browse

Select this option if you do not want to use skins

Select this option if you want to use a skin
specified in the active service profiles

Select this option if you want to use a skin that
you have selected

Click this button to browse for a skin

© SJ Labs, 1999-2005
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2.4. Hot Keys
You may assign several hot keys to perform common operations on the Hot Keys tab.
Options @

User Information ] Call Dptions ] Profiles ] ILS Directory ]
Audio Hot Keys ] Skinz ] Meighborhood ] Support ]

¥ Show/Hide: |Cul + Shift + 0
v Address Book: |Ctr| +5hift + B
v Call Logs: |cn| +5hift + L
¥ Meighborhood: |Ctil + Shift + N

|cm +Shift + D

¥ Toggle DND Mode: |Cn| + Shift + b

¥ GotoService URL: |cm + Shift + 5

|http:a’a’www. szilabz. com

Ok, | Cancel |

Attention! When any of the Option tabs is active, the hot keys are disabled.
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lll.  Configuring SJphone™

This chapter explains how to configure SJphone™ basic settings.
Attention! When any of the Options tabs is active, SJphone™ automatically rejects all incoming calls.

Attention! Some tabs are not available on most customized or the default Simple Mode interface. To reach
them, you need to switch to the Advanced Mode.

Interface mode switch:
e Right-click the SJphone™ system tray icon or skin,
e Select either To Advanced Mode or To Simple Mode
Attention! The Advanced Mode is unavailable for some service profiles.
You can reach SJphone™ configuration controls by clicking the Options button on the Main panel, or by right-
clicking the SJphone™ system tray icon or skin and selecting Options in the tray menu.

Attention! Some SJphone™ skins do not have the Options button. In this case, right-click the SJphone™
system tray icon or skin.

3.1. Entering Your Personal Information

You need to personalize your SJphone™ copy when you start your SJphone™ for the first time. You also may
change this information any time you like.
Note: This information will be available to your respondents while you are on a call.

Options Name Field for your name
E-mail: Field for your e-mail
Audio ] Hot Feys ] Sking ] Meighborhood ] Support ] i X .
User Information l Call Options ] Profiles ] ILS Drirectary ] Location: Field for your location
Comments: Field for comments
Marne: |F|icharc| Foe . . .
Image You may add a picture to your personal information.
E-mail |RRi@example. com All other SJphone™ users will see it on their main
| panel.
Location: Santa Rosza, Ca . . .
- Use image Select this box if you want other SJphone™ users to
Comments | Thiz persot iz fickiious! view your picture
Browse Click this button to browse for your picture

Image
IV Useimage: |E:\F‘rogram Files\5JLabsh 5 phonetSan

. Image should be a 32:32 B
brp. png or jpeg file less T 2

than 10 Kb,

QK | Cancel |

During the setup, SJphone™ writes your Windows logon name in the Name field. If these fields are left blank,
SJphone™ uses "SJ Labs(R) SJphone(TM) User" as the username for H.323 calls and your IP address and
Port 5060 for SIP calls.

You may submit this information to ILS (Internet user Location Service) if you want other people on the Internet to
find you easily. Go to the ILS Directory Options section for details.

3.2. Call Options

You may set call options on the Call Options tab.
Incoming Calls:
You can configure your SJphone™ to automatically accept or reject all incoming calls.

Only one of the Automatically accept incoming calls, Automatically ignore incoming call after... secs, or
Ignore all incoming calls checkboxes can be selected at a time.
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Alternatively, you can turn the Ignore all incoming calls (Do not disturb mode) on and off on the SJphone™
system tray menu. Right-click the system tray icon or skin to access this menu.

Outgoing Calls:

If your computer has several IP addresses, you need to select the Use following host address and an address
from the list of available addresses. If this option is not selected, SJphone™ uses your default address.

Options m

Audio ] Hot Keys ] Skins ] Meighbarhiood ] Support ]

User Information ~ Eall Options ] Profiles ] ILS Directary ]

Incoming calls
[ Automatically accept incoming calls

[ Automatically ignare incaming call after FECE

I lIgnare all incoming calls [da not disturh mode}

Outgoing calls

v Usze Falliowing host address: 127.0.0.1 =

0 SECE.

Session initialization timeout;

Cancel

o= ]

3.3. Audio Options

Incoming calls:

Automatically accept
incoming calls:

Automatically ignore

incoming call after... secs:

Ignore all incoming calls:

Outgoing calls:

Use following host
address:

Session initialization
timeout

Select this box if you want SJphone™ to
accept all incoming calls automatically

Select this box if you want SJphone™ to
automatically ignore an incoming call if
you do not accept it within the specified
time

Select this box if you want SJphone™ to
ignore all incoming calls

Select this box if your computer has
several IP addresses and select one from
the list of available addresses

Timeout for which SJphone waits for a
registration with a SIP proxy. If it fails to
register during this timeout, the session
will not start. O disables this feature

Generally, you can adjust the SJphone™ sound characteristics using standard Windows audio controls or
controls on the Main panel. Some additional audio options may be set on the Audio tab.

Options g|

User Information ] Call Dptions ] Profiles ] ILS Directory ]
Audio ] Hat Keys ] Skins ] Meighborhood ] SLppart ]

Sound adjustments

[ thtarmatically adjost rmicraphone volurne

[ Autormatically adjust slence detection lewvel
[ Enable DirectSound for improved audio perfarmance

Direct version installed: 8.7 or newer

Sound devices
Playback: | Soundhe Digital Audio =l

Recording: | SoundMax Digital dudio =l
Ringing: <aystem default: Audio Wizard...

Compreszion Settings.. | Advanced Settings. .. |

[ ]

Cancel |

Compression Settings:
Advanced Settings:
Automatically adjust microphone volume

Sound adjustments

Automatically adjust
microphone volume:

Automatically adjust
silence detection level:

Enable DirectSound for
improved audio
performance:

DirectX version
installed:
Sound devices

Playback:

Recording:

Select this box to let SJphone™ adjust the
microphone volume automatically

Select this box to enable the automatic
adjustment of silence detection level

Select this box if your sound card supports
DirectSound

Check DirectX version installed in your
system

Shows what audio device SJphone™ uses
to playback audio.

Shows what audio device SJphone™ uses
to record audio.

Click this button to set SJphone™ compression settings.
Click this button to set SJphone™ advanced audio settings.

Some sound cards do not have the automatic microphone gain feature. You can select Automatically adjust
microphone volume option to let SJphone™ automatically adjust the microphone sound level.
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Automatically adjust silence detection level

When the Automatically adjust silence detection level is selected, SJphone™ does not compress silence
reducing processor load. If there is a strong background sound when this feature is selected, SJphone™ may not
detect silence correctly, and fragments of your speech may be lost.

Enable Direct Sound for improved audio performance

Select Enable Direct Sound for improved audio performance if your sound card supports DirectSound. This
will decrease sound latency time. Most sound cards from Turtle Beach, Yamaha, Creative Labs (excluding the
Ensonig-based AudioPCI types), Diamond, Crystal, or Microsoft USB speakers support this feature.

SJphone™ supports DirectX version 7.0 and higher.

Sound Devices

If your computer has several sound cards, you may select which one will be used. SJphone™ uses a system
default audio device to play audio during a call unless you manually select a specific audio device in this option. If
the system does not find this device, SIJphone™ will use the system default audio device. When the system finds
the specified audio device, SJphone™ will use it again.

SJphone™ always uses the system default audio device to play incoming ring sound.

Compression and Advanced Audio Settings (available in the Advanced Mode interface only and may
be unavailable for some service profiles)

Advanced audio and compression settings such as Compression settings or SJ Labs Extensions are
explained in detail in the Compression and Advanced Audio Settings section. Do not change them unless you
completely understand what you are doing, or you may severely degrade the SJphone™ performance.

3.4. ILS Directory Options

(Available in the Advanced Mode interface only and may be unavailable for some service profiles)

ILS (Internet user Location Service) is an Internet service that helps people on the Internet to find and call each
other. It is maintained on specially dedicated servers. You may obtain the list of such servers from your system
administrator.

ILS Directory options can be set on the ILS Directory tab.

: ILS Directory Server
Options g] y
e e Address: Field for the ILS Directory Server address
User Information | Call Options | Profiles 1S Directary Port: Field for the ILS Directory Server port number
ILS directory server Registration options
Address: [is.example. nef Log on to the Select this box to log on to the ILS Directory
Port: |—389 Use Defal specified ILS directory
. Do not list my name Select this box if you do not want to be listed in
Open LS Diectory Browser | in the directory the ILS Directory list. If you are logged on the
Registration options directory, you will still be available to others
[+ Logon tathe specified ILS directary who know your logon name.
[~ Do nat list ry name in te directory User category Select a box for the category you want to log
User category on
V' Personal [ Business [ Adult Status: Shows your status on the directory
Buttons
Status: Mot registered Use Default: Click this button to switch to the ILS Directory
Server default port (389)
0K | Cancel | Open ILS Directory Click this button to open the ILS Directory
Browser Browser.

You may use ILS Directory Browser to locate people on a particular ILS server. Go to the ILS Directory Browser
section for details.
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Registration Options

To make yourself available to others you need to register on an ILS server. Using an ILS Directory, people call
each other by their aliases. SJphone™ uses the E-Malil field on the User Information tab as your alias on the
ILS Directory. It also lists your first and last names from the User Information tab when you log on the specified
ILS Directory. In addition it lists your IP address, location, comments, user category, and Audio/Video capability
flag. If you do not want to be listed on the ILS Directory, select Do not list my name in the directory. Others can
still call you by using your ILS alias.

SJphone™ logs on to the ILS directory when you click the OK button on the ILS Directory tab or start
SJphone™ with selected Log on to the specified ILS directory. You need to be on-line at that time.

3.5. Neighborhood Options

(Available in the Advanced Mode interface only and may be unavailable for some service profiles)
You may set your neighborhood parameters on this tab.

Attention! This feature works only on local area networks! If you use a personal firewall on your computer, make
sure that it does not block UDP port 5003.

When running, SJphone™ constantly sends broadcast messages to the local network. Other SJphones running
on computers on this network receive these messages and add SJphone™ to their Neighborhood list. The
users of those computers may find your presence and call you. You may enable or disable this feature.

Options @ Local network
Reveal your presence to ~ Check this box to reveal your presence to
User Information ] Call Dptions ] Profiles ] ILS Dvirectory ] the Neighborhood your network neighbors
Audio ] Hot Feys ] Sking Heighbarhood ] Support ] (Online)'
Local network, Keep-alive timeout: Field for the timeout in which SJphone™
¥ Reveal your presence to the Neighborthood (Online} sends messages about its presence to
other SJphones on your local network.
Keep-glive timeout: | 120 seconds P y
Status: Shows your neighborhood status.
Browser TTL check timeout seconds y 9
Buttons
Wk emEmmEme=d) alliEs | Use recommended Click/tap this button to set the values to
values their recommended values

Statuz: |Dnline

ak. | Cancel |

You may use recommended values for this procedure. Click the Use recommended values button.

3.6. Customized Incoming Call Sound

You may use an incoming call sound of your own choice if you rename the sound file into ring.wav and place it
in the SJphone™ folder, default is ..\Program Files\SJLabs\SJphone. You may also use another sound file
named beep.wav as a second incoming call naotification (it will be played if you have an active session). Place it
in the same folder.

3.7. Personal Firewall Settings

If you have a personal firewall installed on your computer, a number of ports should be opened for the
SJphone . exe application both for inbound and outbound connections. Go to the Used Port section for details.

Refer to your personal firewall documentation for instructions how to make necessary adjustments.

At some firewalls, you may set SJphone.exe as a trusted application, that is, an application which is allowed to
make any connection by default. Refer to your personal firewall documentation for instructions.
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3.8. Windows XP Service Pack 2 Settings

Generally, SJphone™ should work fine with minimum adjustments in Windows Security Center.

If you turn off the Windows firewall in Security Center, no settings are required to change for Windows or
SJphone™.,

If XP Service Pack 2 is installed on your computer with its default-enabled Windows firewall, the Windows

Security Alert message will appear the first time you start SJphone™. This message will inform you that it has
blocked SJphone™ from accepting connections from the Internet or a network.

%= Windows Security Alert f@

To help protect your computer. Windows Firewall has blocked
some features of this program.

Do you want to keep blocking this program?

\i}Q MHame: SJphone

< Publizher. 5J Labz, Inc.

Keep Blocking ] [ Unblock l [ Aszk Me Later

Windows Firewall has blocked this program from accepting connections fram the
Internet ar a nebwark. If you recognize the program or bust the publisher, you can
unblack it. Wwhen should | unblock & program?

To allow SIJphone™ receive incoming calls,

e click the Unblock button on the message.
Now SJphone™ will be able to receive incoming calls. No other additional settings are required for Windows or
SJphone™,

If you have clicked the Keep Blocking button, SJphone™ will not be able to receive incoming calls.
To allow SJphone™ receive incoming calls,

e Check that SJphone™ is running.
e Goto Security Center and click Windows Firewall.

"= Windows Firewall

%= Windows Firewall

| General | Exceptions | Advanced General | Exceplions | Advanced

Windows Firewall iz blocking incoming netwark, connections, except for the
programs and services selected below. Adding exceptions allows some programs
to work better but might increase your security rigk,

Firewall iz helping to

‘windaws Firewall helps pratect your computer by preventing unautharized uzers
| fram gaining access to your computer through the Intemet or a network:,
Programs and Services:

| 2 Mare
@ CF d W1 ACDSee Browser
| This setting blocks all outside sources from connecting to this File and Printer Shaiing
computer, with the exception of those selected on the Exceptions tab. | Fiemate Assistance
: Femote Desktop
I:‘ Don't allow exceplions SJphone

- . i [ UPHP Framewark,
Select thiz when you connect to public netwarks in less secure

locations, such as airports. “ou will not be notified when ‘Windows
Firewall blocks programs. Selections on the Exceptions tab wil be |
ignored.

@ ) OFf (not recommended)

Awoid uging this setting. Turming off ‘wWindows Firewall map make this [ Add Program... ] [ Add Part... ] [ Edit... ] [
computer more vulnerable ta viruses and intruders. | = = =

Dielete

Dizplay a notification when Windows Firewall blocks a program

| What else should | know about ‘indows Fireal? what are the risks of allowing exceptions?

e Check that Don't allow exceptions is not selected on the General tab.
e (o to the Exceptions tab and select the SJphone . exe checkbox.
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e Click the Edit and then Change scope buttons and check that the Any computers (including those on
the Internet) option is selected.

Change Scope rg|
. . To specify the set of computers for which this port or program i unblocked, click an
Edit a Program _| option below,
To specify a custom list, type a list of IP addresses. subnets, or both, separated by

You can allow communication with this program from any computer. PORCEER

including those on the Interet or just from computers on your network,

(®idrw computer including those on the Internet}

Mame: ¥ SJphone

() My netwark [subnet] only
Patty | C:“Program Filez\5JLabs\5)phoneh S phone. exe

() Custom ligt:

' Change scope... | ok || Concel

Examnple: 192.168.114.201,192.168.114.201./255.255.255.0

I Ok ” Cancel ]

e Click the OK button.
Now SJphone™ will be able to receive incoming calls. No other additional settings are required for Windows or
SJphone™.

If you want to add manually SJphone™ to the list of programs that can accept incoming connections,

Go to Security Center and click Windows Firewall.

Check that Don't allow exceptions is not selected on the General tab.

Go to the Exceptions tab and click the Add Program button.

Click the Browse button and select SJphone . exe in its home folder. Default is

.\Program Files\SJLabs\SJphone.

e Click the Change scope button, check that the Any computers (including those on the Internet)
option is selected, and click the OK button.

e Check that SJphone.exe is in the Program and Services list on the Exceptions tab, and its checkbox
is selected,

e Click the OK button.

Now SJphone™ will be able to receive incoming calls. No other additional settings are required for Windows or
SJphone™.
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V. How to:

This chapter explains how to perform basic SJphone™ operations.

4.1. Place a Call

You can place a call to any computer that has H.323 or SIP compatible software running, an H.323 or SIP
compatible Internet phone, or a regular phone through a Gateway or a Gatekeeper.

To place a call, select an appropriate profile and type in the Call to: field on the Main panel one
of the following:

An IP address or Computer Name for a direct PC-to-PC call:

Depending on the VoIP protocol you want to use, you need to select either an H.323 direct or SIP direct
profile. Go to the Use profiles section for details.

If your computer is on a private network, you need to place

an H.323 call through a Gatekeeper using an appropriate profile. If there is no such profiles, you need to
create such profile by yourself. Go to the Profiles help page for details.

a direct SIP PC-to-PC call using an available NAT traversal technology. Go to the NAT Traversal and SIP
section for details.

Most computers connected to the Internet through dial-up lines have IP addresses dynamically assigned, so
the only solution here is to use a Proxy or Gatekeeper account.

An Alias (User Name) on a Gatekeeper

You need to select a profile for calls through gatekeepers. If there is no such profiles available, you need to
create such profile by yourself. Go to the Profiles section for details.

A Caller ID for a call through a SIP Proxy

You need to select a profile for calls through a SIP Proxy. If there is no such profiles available, you need to
create such profile by yourself. Go to the Profiles section for details.

If your computer is on a private network, you need to place the call using an available NAT traversal
technology. Go to the NAT Traversal and SIP section for details.
A Regular Telephone Number

You need to select a profile for calls through a proper Gateway if you want to call a regular telephone number.
If there is no such profiles available, you need to create such profile by yourself. Go to the Profiles section for
details.

You may also need to add a "prefix" to the phone number to route calls to phones through required gateways.
Ask the gateway administrator for details.

If you have Microsoft Outlook or Outlook Express installed on your computer, you may call the numbers
stored in its contacts. Go to the Contacts section for details.

You may also use a Gatekeeper to make a call to a regular telephone number. Ask your gatekeeper
administrator for details.

A Nickname in the Phonebook

You need to specify all necessary information in the Phonebook about the nickname you want to type in.
This can be done on the Contacts panel.

An H.323 Address
SJphone™ supports the advanced H.323 address syntax. No service profiles are required for this call.
H.323 Address Examples
If you want to call
e Ahost jd_.bigcom.com (192.168.1.12)
Type in the Call To: field: H323:IP:jd.bigcom.com or H323:1P:192.168.1.12
e A phone number 135-7975 through the H.323 Gateway h323gateway .com
Type in the Call To: field: H323:GW:h323gateway.com:1357975
e A user with the nickname doe registered with the H.323 Gatekeeper
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Type in the Call To: field: H323:GK:H323ID:doe
e A phone number 135 registered with the H.323 Gatekeeper
Type in the Call To: field: H323:GK:E164:135
e An external phone number 9-1357975 through the H.323 Gatekeeper
Type in the Call To: field: H323:GK:E164:91357975
e ASIPURL
SJphone™ supports the advanced SIP URL syntax. No service profiles are required for this call.
SIP URL Examples
If you want to call
e Ahost jd.bigcom.com (192.168.1.12)
Type in the Call To: field: sip:jd.bigcom.com or sip:192.168.1.12
e Auser johndoe at yjd_-bigcom.com
Type in the Call To: field: sip:johndoe@jd.bigcom.com
e A phone number 135-7975 through a SIP gateway sipgateway .com
Type in the Call To: field: sip:135-7975@sipgateway.com;user=phone
e AnILS Contact
SJphone™ supports advanced ILS contact syntax. No service profiles are required for this call.

ILS Directory Contact Syntax:
An ILS Directory contact can be represented as the following string:
ils:<Alias>:[<Server>[:<Port>]]
where <Al ias> = User alias with which it registers on the ILS Directory
<Server> = |LS Directory server IP address or dns hame
<Port> = Port number (default is 389)
If you do not specify an ILS Directory server directly in the Call To string, SJphone™ will take it form the ILS
Directory Options.
ILS Contact Examples
If you want to call
e A person registered as johndoe@bigcom.com at a default ILS directory
Type in the Call To: field: ils;johndoe@bigcom.com
e A person registered as Johndoe@bigcom.com at an ILS directory at the 1 Isserver .com server
Type in the Call To: field: ils;johndoe@bigcom.com:ilsserver.com
You may also use an ILS Directory Browser to log in to a particular ILS directory server. Go to the Contacts
section for details.

And click the Dial button on the SJphone™ Main panel, or press Alt + d or Enter.
Alternatively, you can use Neighborhood Browser, Speed Dial or Contacts to place a call.

SJphone™ stores a list of recently called addresses, names, nicknames, and telephone numbers. To access this
list, click the arrow next to the Call To: field or use the Up and Down arrow keys.

If there is no H.323 or SIP compatible software running on the computer you are calling, you will see the
Connection failed message in the status line.

4.2. Answer a Call

You need to have SJphone™ running to answer an incoming call.

When your computer receives a call, you will hear a ring sound. Simultaneously, an Incoming Call message will
appear.

SJphone - Incoming Call

Incoming call from tartin Back

Aliagles]: "Martin Back" from 192.168.3.2 . 1039

H.323 zession using SJLabs® S)phone version '

¢ To answer the call, click the Accept button, or press Alt + a or Enter.
e To reject the call, click the Ignore button, or press Alt + i.
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You can configure your SJphone™ to automatically accept or reject all incoming calls. Go to the Call Options
section for details.

The Do Not Disturb mode can be also turned on and off on the system tray menu. To access the menu, right-
click the system tray icon or skin.

You may customize the sound SJphone™ plays when a call is incoming. Go to the Customized Incoming Call
Sound section for details.

Attention! When any of the Option tabs is active, SJphone™ automatically rejects all incoming calls.

4.3. Control an Active Call

You may put your active call on hold or transfer it to another respondent.
Works not for all call types. If SJphone™ cannot control the call, the Hold and Transfer buttons are disabled.
To put an active call on hold,

¢ Double-click a call you want to put on hold

or

e Select a call you want to put on hold and click the Hold button

or

e Right-click a call you want to put on hold and select Hold in the pop-up menu

To resume a call on hold,
e Double-click a call you want to resume
or
e Select a call you want to resume and click the Hold button
or
e Right-click a call you want to resume and select Resume in the pop-up menu

To transfer an active call to another respondent,
Blind transfer:
e Select a call you want to transfer and click the Transfer button
e Enter the respondent address in the Call To field and
e Click the Transfer button once again or press Enter

Attended transfer:

e Establish a call to a respondent you want to transfer call to

e Select a call you want to transfer and click the Transfer button
e Select the call with the respondent

e Click the Transfer button once again

4.4. Switch between Respondents
On the Main panel, double-click the respondent with whom you want to talk.

If Enable Conference Mode on the Audio tab is selected, such double-click adds/removes the respondent
to/from the conference. Go to the Start a Conference section for details.

4 5. Start a Conference

Although SJphone™ supports connections with multiple respondents, you may usually talk only to one
respondent at a time. If you want to talk to several respondents simultaneously, you need to start a conference.
That can be done by clicking the Conference button on the SJphone Main panel. Now you may talk to several
respondents simultaneously.

A double-click adds/removes the respondent to/from the conference. Or you may select several respondents,
right-click them, and select Join to Conference/Exclude from Conference item in the pop-up menu.

© SJ Labs, 1999-2005 Page 27 of 43 pages



How to: SJphone™ User’s Guide

To switch back from the conference mode, click the Conference button on the SJphone™ Main panel once
again.

4.6. Find Other SJphone™ Users on the Local Network

When running, SJphone™ constantly sends broadcast messages to the local network. Other SJphones running
on computers on this network receive these messages and add the SJphone to their Neighborhood list. You
may enable or disable this feature. Go to the Neighborhood Options section for details.

To automatically find other SJphone™ users on your local network,
e Click the Contacts button and select the Neighbors tab.
Go to the Neighbors section for details.

4.7. Receive a Voice Mail

Note: Your service should support this feature

If you have voice mail waiting, you will see a message showing how many messages are waiting, and the Voice
Mail button will be active.

To listen the messages, click the Voice Mail button and follow instructions from the server.

4.8. Send a DTMF Signal

SJphone™

SJphone™ supports DTMF signal sending both for SIP and H.323 protocols.
To send a DTMF signal,
¢ Click a digit button on the Main panel
or
Press a digit key on a keyboard.

The DTMF tone will be sent to the respondent's device and played on the host system through the playback
sound device selected on the Audio tab.

If SJphone™ plays back DTMF signals too loudly on the host system, you may disable local DTMF playback by
selecting the Disable local DTMF playback option on the Advanced Audio Settings panel.

Depending on the VolP protocol and service, signals may be sent using various methods. The DTMF method is
specified in the service profile.

4.9. Use Service Profiles

SJphone™ uses predefined sets of options for specific types of calls or for calls through different Internet
Telephony Service Providers (ITSP), called service profiles. You can download profile from a website or make
your own, although that requires some knowledge of VolP technology.

If you have several profiles, you may easily switch between them.

To select a Service Profile,
¢ Right-click the SJphone™ system tray icon or skin, select Services, and then the required profile
or

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab.
e Select the required profile and click the Use button.
Some profiles require initializing, that is, they require the user to enter some account-specific information, such as

your phone number, login, access password, etc. A Service message will appear the first time you select such
profile. You may also re-initialize the profile, if its account-specific information changes.
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Service: 5IP thru 5J Labs Proxy @

Please enter this information Eo initialize the service profile =0

e
Cancel
]

Help

Account: | RROE

deshiskiskahiokiak
Password: | |

¥ Save service information permanently

To re-initialize a current profile,
e Double-click the SJphone respondent control
The Service: message will appear
e Enter the required information and click the OK button

To initialize or re-initialize a profile,
¢ Right-click the SJphone™ system tray icon or skin, select Services, and then the required profile
e Right-click the SJphone™ system tray icon or skin once again and select Re-initialize profile.
The Service Properties message will appear
e Enter the required information and click the OK button
or

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab.
e Select the required profile and click the Initialize button.

The Service Properties message will appear

e Enter the required information and click the OK button

4.10. Create a Desktop Shortcut to a Respondent

You may create a desktop shortcut to a respondent. When it is created you may call this respondent simply by
clicking this desktop shortcut.

To create a desktop shortcut,

e Right-click anywhere on the desktop and select New -> Shortcut
The Create Shortcut wizard will appear
e Type the callto URL to the respondent. The callto URL is described on the SJphone™ Command Line
Switches section.
Callto URL examples:

If you want to call

e Anhost jd_-bigcom.com
Type in the Create Shortcut wizard callto:jd.bigcom.com

e A host with the IP address 192.168.12_12 using the H.323 VolP protocol
Type in the Create Shortcut wizard callto:192.168.12.12+type=ip

e A host with the IP address 192.168.12 .12 using the SIP VolP protocol
Type in the Create Shortcut wizard callto:192.168.12.12+type=sip

4.11. End a Call

To end a call,

e Select the respondent and click the Hangup button on the SJphone™ Main panel, or press Alt + h or
Enter,

or
Right-click the respondent and select the Hangup item in the pop-up menu.

You may end several calls simultaneously. Select the respondents, right-click them, and select Hangup in the
pop-up menu.
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4.12. Restart SJphone™

To restart SJphone™,
e Right-click the SJphone™ system tray icon or skin and select Restart on the system tray menu.

4.13. Exit SJphone™

To exit SJphone™,
e Right-click the SJphone™ system tray icon or skin and select Shut down on the system tray menu.

Note: When you exit SJphone™ you will be unable to receive incoming calls.
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V. Advanced Features

The following features are for advanced users. You need to be familiar with the details of the ITU-T H.323 and
SIP protocols, audio codecs, and other technical details in order to use them correctly.

Attention! When any of the Option tabs is active, SIJphone™ automatically rejects all incoming calls.

5.1. Profiles

(available in the Advanced Mode interface only and may be unavailable for some service profiles)

SJphone™ may use predefined sets of options for specific types of calls or for calls through different Internet
Telephony Service providers (ITSP) called service profiles.

An example of a service profile is that for the direct call to a host using the SIP VolP protocol. You do not need to
enter a complex dial string like sip:johndoe@jd.bigcom.com. Instead, you may select the SIP direct profile and
type the URL in the Call To: field. Or, if you use several ITSPs, you may easily switch between them just
selecting a required profile, usually supplied by the service provider.

You may even write your own profile for your IP-PBX, ITSP or Gateway parameters with your own set of options,
although that requires some knowledge of VolP technology.

ﬁl New Click this button to create a new profile
Opti . . . )
b — Edit Click this button to edit a selected profile
Audio ] Hat Keps ] Sking ] Meighborhood ] Support ] . . .
UserInformation | Call Options_ Profiles l ILS Directory | Delete Click this button to delete a selected profile
Use Click this button to switch to a selected profile
E;D;'lfwd Dialup i‘lﬁ:ﬁ;d Initialize Click this button to initialize a selected profile
atlalsiiee | iikiSled Rename Click this button to rename a selected profile

PCta PC[SIF) in use
SIP thru SJ Labs Praosy incomplete Create New Profile @

Prafile name: |My G atekeeper

File: name: |My Gatekeeper.ini Cahcel

flel

Prafile 1D |SDFFD428-?3E5-4E‘I 5-AED-F34260 291 C28 Help

Mew... | Edit.. | Delete | Prafile type: |Eal|s through H323 gatekesped

Impartant note

Thiz profile will include the options currently set on the options
tabs for the selected default YolP protocol specified on the Call

0K | e | Options tab. The profile type will be selected autarnatically.

Use... | Initialize... | Bename... |

To create a new profile,

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab
e Click the New button
A Create New Profile window will appear
e Select profile type, and specify its name.
e Specify the required parameters and click the OK button.
The newly created profile will appear in the profile list.
Note: To enter some parameters like a Gatekeeper, Gateway, or SIP proxy address, caller ID, and password,
a profile may require initialization.
To select a profile,
e Right-click the SJphone™ system tray icon or skin, select Services, and then the required profile
or

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab.
e Select the required profile and click the Use button.
Some profiles require initializing, that is, they require the user to enter some account-specific information, such as

a phone number, access password, etc. A Service message will appear the first time you select such profile. You
may also re-initialize the profile, if its account-specific information changes.
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Service: 5IP thru 5J Labs Proxy E|

Flease enter this information to initialize the service profile o

e
Cancel
2]

Help

Account; | RRoe

bk ko]
Password: | |

[¥ Save service information permanently

To initialize or re-initialize a profile,
e Right-click the SJphone™ system tray icon or skin, select Services, and then the required profile
¢ Right-click the SJphone™ system tray icon or skin once again and select Re-initialize profile
The Service message will appear
e Enter the required information and click the OK button

or
e Click the Options button on the SJphone™ Main panel and go to the Profiles tab
e Select the required profile and click the Initialize button
The Service message will appear
e Enter the required information and click the OK button

To edit a profile,

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab
e Select the required profile and click the Edit button
e Change the required parameters and click the OK button

To remove a profile,

e Click the Options button on the SJphone™ Main panel and go to the Profiles tab
e Select the required profile and click the Remaove button
A Delete Profiles message will appear

Delete Profiles

e Click the Yes button to confirm profile remove.
Attention! If you accidentally remove a profile, the only way to restore the profile is to create it once again.

5.2 NAT traversal and SIP

Symptoms that you have problems with NAT:

e Audio goes only one way (either inbound or outbound).
e Incoming calls cannot reach you.

Note: If you experience problems with NAT your best friend(s) is your ITSP (Internet Telephony Service Provider)
or/and network administrator. Always consult them when in doubt.

Most likely you are behind a NAT if you use an Internet gateway connecting your local network to a broadband
network via a DSL or cable modem, use Internet Connection Sharing in Windows XP or Windows, or are on a
private network (your computer has an IP address started with 10.0.x.x, 192.168.X.X, 172.X.X.X).

If your service profile allows you to do this, you may check if SJphone is behind NAT. Click Options and switch to
Advanced Mode.

You are NOT behind NAT if you see the following:
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e NAT/Firewall: Open Internet

You are behind NAT if you see the following:

NAT/Firewall: Full Cone NAT
NAT/Firewall: Restricted Cone NAT
NAT/Firewall: Port Restricted Cone NAT
NAT/Firewall: Symmetric NAT
NAT/Firewall: NAT of Unknown Type

Itis unclear if you are or are not behind NAT if you see the following:

e NAT/Firewall: Unknown
o NAT/Firewall: Symmetric Firewall
e NAT/Firewall: Blocked

SJphone and NAT

NAT (stands for Network Address Translation) is a widely-used solution that allows multiple PCs on a private
network to share a single, globally accessible IP address. A main reason to use NAT is the fact that IP addresses
rapidly become scarce. In addition, NAT provides an extra layer for network security by obscuring a private
network from an outsider. Please note, that NAT is not the same thing as a firewall or proxy server.

Unfortunately, NAT makes communications for SJphone and other Internet phones much more difficult. The
situation is even worsened by the fact that there are several types of NAT, each imposing different restrictions,
and different methods are required to traverse a NAT. SJphone provides most of them.

NAT traversal methods

Below are NAT traversal methods that SJphone supports. Which is to be used, depends on your ITSP (Internet
Telephony Service Provider), on your network configuration, etc. Always consult your ITSP (Internet Telephony
Service Provider) or/and network administrator when in doubt.

1. Symmetric media streams: SJphone is preconfigured to use it. No additional configuring is required.
2. STUN protocol

3. rport SIP extension

4. OPTIONS request registration refresh

5. Outgoing INVITE transaction refresh

Settings in the Call through SIP Proxy profile type for the NAT traversal

Attention! You must completely understand what you are doing while changing these settings. Always consult
your ITSP (Internet Telephony Service Provider) or/and network administrator when in doubt.

Consult your ITSP or SIP Proxy administrator on which method to use:

1. A second proxy is used for NAT traversal:

Enter the proxy’s DNS name or IP address to the Proxy for NAT field on the SIP Proxy tab. Enter the port
number if it is not a default value (5060) and there is no this information in the NAPTR/SRV DNS records.

Note: If a second proxy for NAT is used, SIP messages do not include the STUN information.

2. One proxy supports NAT traversal or rport.
Disable STUN usage by clearing the "Enable STUN usage" checkbox on the Compatibility tab.

3. One proxy does not support NAT traversal

Select the Enable STUN usage checkbox on the Compatibility tab. STUN settings are on the STUN tab. For
the most cases the default settings are correct.
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This is the worst case and you may experience problems with calls. Consult your ITSP (Internet Telephony
Service Provider) or/and network administrator in this case.

5.3. Compression and Advanced Audio Settings

(available in the Advanced Mode interface only and may be unavailable for some service profiles)

To change the compression or advanced audio settings, click the Compression or Advanced Settings buttons
on the Audio tab.

Attention! You must completely understand what you are doing while changing these settings, or you can
severely degrade SJphone™ performance.

When two VoIP systems are establishing a call, they negotiate an audio compression codec they are going to
use. Which codec to choose depends on many factors: what codecs are installed on the systems, bandwidth
limitations, desired sound quality, etc. You may adjust SJphone™ codec preferences on the Compression
Settings window. During the negotiation, SJphone™ offers to the remote system the first codec from the list. If
the remote system rejects the codec, SJphone™ offers the next one from top to bottom until they both accept the
codec. You may arrange the codecs in the desired order using the Move Up and Move Down buttons. The Use
Default button selects the default codec preference.

Codec preferences

Compression Settings

Codec preferences oK | Codec name Shows codec name
Codec name Status Status Shows codec status. May be either:
S3Labs G5M 6,10 CODEC soft Cancel -
27Labs ILEC CODEC - 30ms soft e Soft: the codec is implemented as a
SLabs iLBC CODEC - 20ms saft Help software driver

Microsaft CCITT 2,711 A-Law CODEC  saft

Microsaft CCITT G711 u-Law CODEC JElid e Hard: the codec is Implemented as a

hardware device
o Disabled: the codec is disabled.
A codec may be enabled or disabled on the
Audio Codec Properties window.

Buttons
Up: Click this button to move the selected
Up | Dotin | Ise Default Properties... Co_dec UP
Down: Click this button to move the selected
5] Labs extensions codec down
¥ Lost data recovery Use Default Click this button to use a default codec
preference
Methad: |SJ Labs data recovery engine ﬂ . : . : ;
Properties: Click this button to activate the Audio Codec
Properties window
Audio Codec Properties [ SJ Labs Extensions

Lost data recovery  Check this box to enable the advanced
data recovery system

Bitrate: 64000 bit/s Cancel Method Select the method of the advance data
recovery from the list of available methods
¥ Enable codec Help
If you select a codec and click the Properties button, or double-click the codec, its Audio Codec Properties

window will appear: This window shows some of the codec's basic properties. You may also enable or disable the
codec on this message.

Mame:  Microzoft CCITT G.711 u-Law CODEC

The current SJphone™ version supports the following codecs:

e G711 A —Law and G711 u —Law codecs. They provide good sound quality but low voice compression.
Both codecs require 64 kbit/sec bandwidth and may be recommended for wide bandwidth networks, such
as LANSs.

e GSM and G.729 codecs may be recommended if network bandwidth is limited, for example for long-
distance calls or for dial-up connections. G729 codec provides good voice compression at 8 kbit/sec plus
overhead. GSM codec provides an average sound quality and good voice compression at 13 kbit/sec
plus overhead.
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e iLBC codec may be recommended for networks with a large number of lost packets. It provides good
sound quality at 13.3 kbit/sec plus overhead.

SJ Labs Extensions

Lost data recovery allows you to obtain good sound quality over poor Internet connections. The current
SJphone™ version supports SJ Labs data recovery engine .

Attention! SJ Labs data recovery engine is not fully H.323-compatible. Use it only while communicating with
other SJphone™-compatible software.

SJ Labs data recovery engine sends additional IP packets. This doubles bandwidth requirements but
completely restores up to 50% of lost packets. This feature is useful for wideband but unstable connections such
as Mobile Internet, WaveLan, or 802.11x.

Advanced Audio Settings
Advanced Audio Settings X These settings allow you to change sizes of various int_ernal

SJphone™ sound buffers and queues if you experience
Ciriver buffer size, msec: 20 T Ok prOblemS with sound.
Do not change them unless you completely understand what you
& 1y length: Cancel
e 4 are doing, or you may severely degrade the SJphone™
Driver gutput queue length: |4 performance.
RTP fter quevelength: [+ If SJphone™ plays back DTMF signals too loudly, you may
disable local DTMF playback by selecting the Disable local
[ Disable local DTMF plavback Uise Default DTMF playback optioFr)L Y y 9
¥ Do Mat Send Silence Do not Send Silence: If this option is selected, SJphone™ does
Ringback not send IP packets when you are silent, or you mute SJphone™.
Metwork Accessing:  |Play infinitely bl That reduces network load.
e Play nfiiely <] Ringback: \_(ou may select how many times SJphoneT'V'_ plays
sound when it accesses the other party (Network Accessing) or

waits for the other party to answer (Ringing).

5.4. SJphone™ Command Line Switches

You can run SJphone™ from a command line.

In order to do this, click the Start->Run->Browse to find the place where SJphone.exe is installed, or run it from
the Windows Command Prompt: C:\Program Files\SJ Labs\SJphone.exe

Syntax: SJphone [<DialString>][<keys>]
where:
<DialString> is either an Extended H323 Address, SIP URL, or ILS directory person.
<keys> - one of the following:

/? or /hor /help invokes command line switch help.

/1T <FileName> - SJphone™ writes its log to Fi leName. This key may be used with other keys.

/p <PortNumber> - SJphone™ starts at port number <PortNumber>. Default is 1720.

/d - SJphone™ hangs up all existing calls.

/callto <URL> - SJphone™ calls to the specified URL, where URL is an URL specified as:
a host name (example: jd.bigcom.com)
an IP address +type=ip (example: 192.168.1.12+type=ip)
a telephone number+type=phone (example: 1357999+type=phone) - a call through a default
Gateway or Gatekeeper, whichever is selected by the default profile.
a telephone number+gateway=<gatewayname>+type=phone (example:
1357999+gateway=h323gateway.com+type=phone) - a call through a specified Gateway
a sip URL +type=sip (example: jd@bigcom.com+type=sip) - a call to the user jd at the host
bigcom.com using the SIP protocol.
any string +type=hangup (example: hangup+type=hangup) - all active calls will be terminated
<DialString>+type=dialstring (example: h323:gk:h323id:Gedy+type=dialstring) -a call to
user Gedy registered with the current gatekeeper.
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The parameter existingcal Is may be added to any cal 1'to string. This parameter specifies what
to do with active calls.
+existingcal Is=leave (default) leaves all calls in their current state.
+existingcal Is=hangup terminates all active calls before a new call.
Callto example: callto:h323:gk:h323id:Boss+type=dialstring+existingcalls=hangup - all active calls will be
terminated and SJphone™ will start a call to user Boss registered with a current SJphone™
gatekeeper.

5.5. Log Window

(available in the Advanced Mode interface only and may be unavailable for some service profiles)
The log window shows you technical information about SJphone™ operation and call progress.
To understand this information, you need to be familiar in depth with the ITU-T H.323 protocol details.

. SJphone Log

INFO Bemote capasbhilities received Fad
1 1z INFO Master-slave determination procedure succesded: status
= Master
1 0E5: ] INFO Remote confirmed our capabilities
TIHNFO Startup procedures finished
! INFO Bemote has regquested to close outgoing LC, LCN = 7
£ 5247 INFO Bequesting outgoing logical charnel close, LCN = 7.
UI1ll wait no more than 3000 milliseconds for confirmation from remote.
! INFO Incoming Logical Channel for G.711 A-law &4k: closed.
iz INFO RPemote has confirmed ocutgoing LC close, LCH = 7
1% INFO BELEASE COMPLETE received. BReason: the called party did
not accept, your call
= INFO Initiating H.Z45 channel shutdomm
& INFO Call Signalling channel closed
& INFO End Zession Command received
2 INFO Control Channel communications terminated
iz INFO Disengaging from gatekeeper...
& INFO Desingage confirmed by the Gatekeeper
& INFO Call 73 ended: Call terminated normally.
Other party hangs up the call.
BELEASE COMPLETE message received:
Beason: the called party did not accept your call
t TNFO Incoming call
1 INFO Bemote wsing [S5JLabs® SIphone] wersiown [1.10.1&5al
i INFO Incoming call from rttyn sddsdsadas
TIHNFO Call Signalling chamnel closed
1 INFO Call 82 ended: Call terminated normally.
|You have rejected incowming csxll.
W

To activate the SJphone™ Log window, right-click the SJphone™ system tray icon or skin and select Show
Log on the system tray menu. The SJphone Log window will appear.

To end the SJphone™ Log window, right-click the SJphone™ system tray icon or skin and clear Show Log.
Alternatively, you can start SJphone™ with the following key:

SJphone.exe [<IPAddress>] [<keys>]

Where
<IPAddress> is the IP address of the system to be called,
<keys> - one or more of the following
/1T <Filename> - log output to the file <Filename>

SJphone™ will write its log to the specified log file.

5.6. H.323 Address Syntax

An extended H.323 address can be represented as the following string:

h323:<AddressType>:<Addressl>[ :<Address2>]
where <AddressType> = ip
<Addressl> = <ip address> | <dns name>
<Address type> = gw
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<Addressl> = <GW ip address> | <GW dns name>
<Address2> = <phone number to dial>
<Address type> = gwhunt
<Addressl1> = <phone number to dial>
<Address2> = <File with GW profile>
<AddressType> = gk
a)<Addressl> = ip
<Address2> = <ip address> | <dns name>
b)<Addressl1l> = h323id
<Address2> = <registered user alias with GK>
c)<Addressl> = el64

<Address2> = <user”s phone number registered with GK or
respondent®s phone number in PSTN>
All parameters are not case-sensitive. You may use "+", "(", )", "-", and space in telephone numbers.

H.323 Address Examples
If you want to call
e Anhost jd_bigcom.com (192.168.1.12)
Type in the Call To: field: H323:IP:jd.bigcom.com or H323:1P:192.168.1.12
e A phone number 135-7975 through the H.323 Gateway h323gateway .com
Type in the Call To: field: H323:GW:h323gateway.com:1357975
e A user with the nickname doe registered with the H.323 Gatekeeper
Type in the Call To: field: H323:GK:H323ID:doe
e A phone number 135 registered with the H.323 Gatekeeper
Type in the Call To: field: H323:GK:E164:135
e An external phone number 9-1357975 through the H.323 Gatekeeper
Type in the Call To: field: H323:GK:E164:91357975

5.7. SIP URL Syntax

A SIP URL can be represented as the following string:
sip:[<user [:password] | phone-number @>]<DNSname |
ipaddress>[ ;<parameterl=paramvaluel>[;parameter2=paramvalue2]...]
where <parameterl> = user
<paramvaluel> = <ip> | <phone>
<parameter2> = transport
<paramvalue2> = <tcp> | <udp>
All parameters are case-sensitive.
Comprehensive SIP URL syntax is described in RFC3261.
SIP URL Examples
If you want to call
e Anhost jd.bigcom.com (192.168.1.12)
Type in the Call To: field: sip:jd.bigcom.com or sip:192.168.1.12
e Auser johndoe at jd.bigcom.com
Type in the Call To: field: sip:johndoe@jd.bigcom.com
e A phone number 135-7975 through a SIP gateway sipgateway.com
Type in the Call To: field: sip:135-7975@sipgateway.com;user=phone

5.8. DTMF Signal Sending

Depending on the VolP protocol and service, DTMF signals may be sent using various methods. Which method is
to choose depends on a selected service. The method is specified in the service profile.
SIP

SJphone supports 3 methods:

1. In-band:: DTMF signals are sent as digitized sound in the RTP channel

2. RFC2833:RFC2833: DTMF signals are sent as special packets controlled in the RTP channel

3. SIP INFO:SIP INFO: DTMF signals are sent in the INFO message in the SIP session control channel
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If the SIP INFO method is selected, the DTMF signals are always sent in the INFO message. If the RFC2833
method is selected and the remote system does not support this method, the In-band method will be used.

For a direct call, the remote user does not hear DTMF signals when the SIP INFO or RFC2833 methods are
used. For a call through a SIP proxy, this depends on the proxy. Some convert DTMF signals into sound, some
do not.

H.323

SJphone supports 4 methods:

1. In-band: DTMF signals are sent as digitized sound. This is the choice if you want to control an external
telephone device such as a fax machine, answering machine, etc.

2. Q.931 keypad:Q.931 keypad: DTMF signals are sent through the Q.931 KeypadFacility Information
Element of Q.931 messages.

3. H.245 alphanumeric:H.245 alphanumeric: DTMF signals are sent as one of the out-of-band method in
H.245 protocol messages.

4. H.245 signal:H.245 signal: DTMF signals are sent as one of the out-of-band method in H.245 protocol
messages.

The remote user will hear DTMF signals when the In-band method is used.

5.9. Used Ports

SJphone™ uses the following ports:

Port Protocol Description

1719 UDP H.323 Gatekeeper RAS port
1720 TCP H.323 Call Signaling

1812 UDP RADIUS server in SJphone™
3478 UDP STUN service

3479 UDP STUN service

5002 TCP MLP protocol server

5003 UDP Neighborhood service

5060 UDP SIP UAS

5060 TCP SIP UAS

49152-65535 UDP RTP, RTCP multimedia streaming
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VI. Troubleshooting

Check your CPU usage. It should be less than 50%, otherwise you might consider upgrading your CPU.

6.1. Start-up Troubles
If SJphone™ does not start up properly, try the following:

e Check that other audio recording or playing software is not running.
e Check that other H.323 or SIP software, such as NetMeeting or Windows Messenger, is not running.

If the problem persists, contact SJ Labs technical support.

6.2. Sound System Issues

Sound quality can vary significantly depending on your sound card, microphone, speakers, and Internet
connection. Make sure that you have a good microphone and speakers, and the latest driver for the soundcard.

You can adjust the SJphone™ sound characteristics using standard Windows audio controls or controls on the
Main panel. The Mic and Spk controls are connected with the standard Windows audio controls. Any changes in
their settings automatically change the corresponding settings at the Windows volume control panel.

SJphone™ requires a full-duplex sound card. You can check whether your sound card is full duplex. Try to
record sound from the microphone with the Sound Recorder while another copy of the Sound Recorder plays
back any sound file. If you can do this, your sound card is full duplex. If you cannot, your sound card driver may
be not full duplex. Obtain a full duplex driver from the sound card manufacturer.

You can use the automatic microphone gain feature in your sound card to automatically adjust the input sound
level. Consult your sound card documentation for details. Some sound cards do not have the automatic
microphone gain feature. You can select the Automatically adjust microphone volume box on the Audio tab
to let SJphone™ automatically adjust the microphone sound level.

If you experience a bad sound quality, turn off the Automatic Gain Control feature on the Windows sound control

panel. Go to Control Panel, then to Sounds, Speech, and Audio Devices, then to Sounds and Audio
Devices, then to Volume, and to Advanced for Microphone.

If there is a strong background sound when the Automatically adjust silence detection level on the Audio
tab is activated, SJphone™ may not detect silence correctly, and fragments of your speech may be lost. In this
case, turn this feature off.

If your sound card supports DirectSound, select the Enable Direct Sound for improved audio performance
box on the Audio tab. This will decrease sound latency time. Most sound cards from Turtle Beach, Yamaha,
Creative Labs (excluding the Ensonig-based AudioPCI types), Diamond, Crystal, or Microsoft USB speakers
support this feature.

If you are using DirectX option, make sure that you have DirectX 7.0+ installed. You can check it with
dxdiag.exe.

If you hear hissing noise from your speakers while talking, try the following:

¢ Move the microphone farther from the speakers.
e Decrease the microphone or speaker sound level.
If the problem persists, contact SJ Labs technical support.

If you experience bad sound quality, clicks, long sound delay, or dropped sound fragments, you may try to adjust
Advanced Audio Settings.

Do not change them unless you completely understand what you are doing, or you may severely degrade the
SJphone performance. You may always return to the default values by clicking the Use Default.
Audio channel latency time

If you want to decrease channel latency time, decrease either Driver buffer size, Driver output queue length,
RTP jitter queue length, or all of those parameters. Please, note that Driver input queue length does not
change the latency time.

© SJ Labs, 1999-2005 Page 39 of 43 pages



Troubleshootinglndex SJphone™ User’s Guide

Recommended Driver output queue length is 2 if DirectX is installed and used, and 4 without DirectX. You may
check DirectX status on the Audio tab.

Distorted sound and clicks

If you hear clicks or sound is distorted:
e onthe remote side, increase Driver input queue length.
e onyour side: increase Driver output queue length. If this does not help: increase Driver buffer size.

Sound drops

If you experience sound drops,
1. Check the number of lost and out-of-order packets on the Main panel (without skins). Go to the
Connection Issues section for details.

2. Try to increase RTP jitter queue length.
If the problem persists, contact SJ Labs technical support.

6.3. Connection Issues

If you want to call a regular telephone, you need to use a Gateway. Different phone numbers may require different
gateways.

If your host or the host being called is on a private network, VolP communication is possible only through a
Gatekeeper. This is a feature of the H.323 protocol.

If you experience problems in connecting with a remote host, try to check the connection using the Ping
command in the DOS prompt. Refer to Windows documentation for details.

The Ping command can also be used to check communication delay with the host being called. Reasonable
roundtrip time should be 100-200 ms for a dedicated and 200-300 ms for dial-up connection. The delay should
vary within 10% of average connection delay. If the delays are unexpectedly long, contact your Internet provider
or system administrator.

Lost packets should not exceed 10-15% for good communication quality. If you loose speech fragments due to a
large number of lost packets, try to adjust codecs or turn on the SJ Labs data recovery engine. Go to the
Compression and Advanced Audio settings section for details, or contact your Internet provider or system
administrator for assistance.

If the number of out-of-order packets is large, your network is overloaded or unstable. Congestion in packet
switched networks can cause packets to take different routes to reach the same destination. Packets may arrive
in different order resulting in garbled speech. To prevent this, SJphone™ stores received packets in a special
buffer and reorders them. That is why even large number of out-of-order packets does not always deteriorate
sound quality if the packets arrive within a certain time. If a packet comes too late, it gets lost.

If you have any questions or comments, please write to: sjphone@sjlabs.com

6.4. NAT Issues

Symptoms that you have problems with NAT:

e Audio goes only one way (either inbound or outbound).
e Incoming calls cannot reach you.

Read the NAT traversal and SIP section for details.
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