SJphone™

PocketPC2003(SE)/2002 version

e U AN
3
\t
I-.
| @0 1|
Click "Dial" button to choose respondent
’ 1 ” d%r. ” d%f ]
l ;}ﬂ ]’ iE| ][ I'I'I%'D ]
l pq?rs ” tlj‘v H wa ]u'.m:
[ * ] [ uEer ] [ H ] |-..DND
T EE RN D
Menu | |~

User's Guide

© SJ Labs, Inc 2005




SJ Labs

VOICE OVER IP SQFTWARE

© SJ Labs, Inc. 1999-2005
All rights reserved

SJphone is a registered trademark.

No part of this User's Guide may be copied, altered, or transferred to, any other media without written, explicit consent from SJ
Labs Inc., OH, USA.

All brand or product names appearing herein are trademarks or registered trademarks of their respective holders.

SJ Labs Inc. has developed this Guide to the best of its knowledge, but does not guarantee that the program will meet all
requirements of the user.

No warranty is made in regard to specifications or features.

SJ Labs Inc. retains the right to make alterations to the content of this Guide without the obligation to inform third parties.



SJphone™ User’s Guide (PocketPC)

Table of Contents

. WeEICOME 10 SIPNONE ™M et e e e e e e et r et e e e e e e st n e e e e e e e e aans 4
I o] T g TN T | (1 ] = SRS 4
1.2. SIPhoNe™ Features COMING SOON........cciiiiiuiiieiteee e e it e e e ae e et eetaraeeeaaeeesaatrrreeeaaeeesasstsaereeeessesasrsneeeeeesseannns 5
R I V) (= Lo [0 1= 0= £ SRR 5
T 1S3 = 1T TSN o] T 1= PR 5
ST =T 1S3 (T o TS o] T T 1= SRR 7
1.6. Contact Information and TEChNICAl SUPPOIT........coiuiiiiiiiiiie et saeeee s 7

. SIphone™ Panels and UsSer FEAtUIES ........coo i 9
2.1. Controls 0N the MAIN PANEL..........ooiiiiiiiiii ettt s b bt e e s st b e e s e bbe e e e s nbe e e e enees 9
2.2, CONTACTS i 10
0 TS 4 1 PRSPPI 13

. Configuring SIPhONE ™ 14
3.1. Entering Your Personal INfOrMALION ..........coiiiiiiiiiiiee e e s s e e e e e s s e e e e e e s e s s e e e e e e e e e snnrnnneeees 14
I 02 1 @ oo SO PP PPT T OUPRPP 14
IR N T o [ I @] o] 1 o] o O PP U UPT R OUPPP P 15
K | Sl B[ (=Toi (o] A © ] o1 [o] ¢ £ O PP PP O TP PP OUPPRP 16
CTET \\ (=110 | gl o ToT g TeTeTo I @ o] i o] o F- SRR PRI 17
G S O I @ o170 1SRRI 16

AV o [0 1 {0 PP PTPPPPPRPPRPPRPI 18
o I o - Tt I O 1| RO U UURT TP 18
A N 1Y < - WO || PO UURT PP 19
4.3. CONLrol 8N ACHVE Caall.....coieei ettt e e e e e et e e e e e e e s e ab b b et e e e e e e e e e nbnbe e e e e e e e e sannaeeeas 20
4.4, SWiItCh DEtWEEN RESPONUENES ....ceii i et e e e s e e e e e e s s et e et e e e e s s st taraeeeeaeeessasanraeeeeaeessansnnes 20
4.5, SEAIT @ CONFEIEINCE .....eiiiiiiie ittt ettt e oo ettt e e e e e s e a b b e e et e e e e e s e abbbe et e e aeeeaanbnben et eaeeeanbbnneeeas 20
4.6. Find Other SJphone™ Users on the LOCal NETWOIK ..........cccuiiiiiie e e e e e e e e e 21
A.7. RECEIVE 8 VOICE MAIL.....oiiiiiiiiei ittt e e s bt e e e s a bt e e s sabe e e e s snbb e e e s snbbeeessnbaeeeeanbeeesane 21
TS Y=g o B T B 1Y/ T T = | 21
4.9, USE SEIVICE PrOfilES ..eeiiiiiiie ittt e e e e e e s et e e e e e e e e e e sab et eeeaeeeasnnnbaeeneaeeeaanneeeees 21
10 T = o T = T - | SRS 22
4. 11, RESIAN SIPNONE™ L. ittt et et e e ekttt e e e ekt et e e e ek b et e e e ek b et e e aabb e e e e e bee e e e abae e e e abaeeeane 22
O (1 SN o] T ) L= PSPPI 22

V. AdVANCEd FEALUIES ... 23
L0 I o o) 11 = PP 23
5.2. Creating your OWN SErVICE ProfilE .........ooi ittt et e e e e e aaes 24
5.3. Advanced Audio and COAECS SEIINGS ....iieiii ittt ettt e e e e et e e e e e e e e saabbeeeeeaae e e e annbeneeeeans 39
I o B YA I AN [0 [ (ST SRR o = O TP 41
5.5, SIP URL SYNEX. 11ttt iittitteiitiiee s itite e s stteeeestaeeesstteeeestaeeesataeeesataeeeeaasbeeaeaasbeeaesasbeeeeaasbeeaeaasbaeaeessteeeensbeeeeenssens 42
G © LY=o I = o5 £ PR PRR 42

VI, TroubleShOOtiNg «.ccooe oo, 43
B.1. SOUNM SYSEEIM ISSUEBS ... ... eeieiiiite ettt e ettt ettt e e e e e o e be b bttt e e e e e e e b bbbt e e e e e e e e aannbebeeeeaaeaeansbeseeeeaeeaaannbanneasaan 43
I O] ol o [=Tod o) o I T o ST UPRR PR 44
8.3, IN AT IS SUBS ..o aa e 44

10 = PP TPPOPPPPPPP 45

© SJ Labs, 1999-2005 Page 3 of 47 pages



Welcome to SJphone™ SJphone™ User’s Guide (PocketPC)

.  Welcome to SJphone™

SJphone™ is a VOIP software client that allows you to speak with any PC, PDA, stand-alone IP-phone and
through a VOIP gateway or VOIP service provider with any traditional wired or mobile phone. It supports both SIP
and H.323 standards and is fully inter-operable with most major telephony vendors and Internet Telephony
Service Providers.

1.1. SIJphone™ Features

H.323 Compatibility
This allows you to
o Communicate with other H.323-compatible VoIP programs, such as Microsoft NetMeeting®, Intel IPhone®,
Vocatel IPhone®, and many others, or with standalone IP phones.
e Call any host by its name or IP address
¢ Call a regular telephone using a Gateway
e Call an Internet phone with a built-in Gateway
e Call a computer or telephone in a private network through a Gatekeeper

SIP Compatibility

e This allows you to

e Communicate with other SIP-compatible VolP programs and systems, such as Vovida VOCAL® SIP User
Agent, Cisco Access Server®, Cisco ATA-168 VolP gateway, Cisco 7940, 7960 (with SIP firmware) IP
Phone, Ubiquity SIP User Agent®, and many others.

e Call any host by its name or IP address

e Call a regular telephone using a SIP Gateway

e Call an Internet phone with a built-in SIP Gateway

e Call a computer or telephone in a private network through a SIP Proxy

e DNS support in the SIP stack

Features that Make SJphone™ Easy to Use:
e Service profiles automatically applying provider's or IP-PBX settings
e Contacts and speed dialing
¢ Call transfer and hold
e Automatic neighborhood discovery
ILS (Internet user Location Service) directory
Respondent list allows you to maintain and manage multiple calls
Dial pad to type in numbers and send DTMF signals.
Can automatically accept incoming calls
Can automatically accept incoming calls after specified time
"Do not disturb" mode
¢ Skins allow you to change the appearance of the SJphone™ Main panel
e Output sound level indication and control
¢ Automatically adjustable silence detection level
¢ Voicemail message waiting indication

Features for Advanced Users:

o 3-way conferencing using different VVolP protocols

¢ Multisession (including conference) calls

¢ Customized service profiles allow you to create your own profiles for calls through your H.323 Gatekeeper,
Gateway, or SIP Proxy

¢ Various methods for DTMF sending specified in service profiles.
SIP: In-band: DTMF, RFC2833, SIP INFO
H.323: In-band, Q.931 keypad, H.245 alphanumeric, H.245 signal

e Support for extended H.323 address syntax

e Support for SIP URL syntax

e Support for ILS contact syntax

¢ Lost and out-of-order packet indication

Page 4 of 47 page © SJ Labs, 1999-2005
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e Manual compression codec selection

¢ Advanced lost packet recovery, offering better sound quality over a poor connection.

e Remote support console

e Automatic NAT detection (STUN)

o NAT traversal support
Attention! Advanced lost packet recovery is not fully H.323-compatible. Use it only while communicating with
other SJphone™-compatible software.

1.2. SJphone™ Features Coming Soon

¢ Improved sound quality and filtering

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

PDA requirements: A Pocket PC 2002/2003/2003SE with the Intel xScale /Strong Arm SA1100 processor, a
built-in microphone, speaker or headset, and an Internet connection. Wireless Internet is OK, but quality of sound
may vary

1.4. Installing SJphone™

To install SJphone™ using ActiveSync,

e Connect your Pocket PC device to your desktop computer and run the installation program on the desktop
computer.

The SJphone™ License and setup windows will appear.
5J Labs End-User License E]|E|@

5J Labs End-User License
IMFORTANT: READ THIS AGREEMEMNT CAREFULLY. BY
INSTALLING, COPYING OR OTHERWISE USING THE

SCOFTWARE, YOIL AGREE TO BE BOURND BY THE TERMS OF
THIS LICERSE. IF ¥OU DO NOT AGREE TO THE TERMS OF
THIS LICEMSE, DO MOT INSTALL, COPY QR OTHERWISE LISE
THE SOFTWWARE.

This license agreement ("License" is a legal agreement
hetween you and 5J Labs, Inc. "'SJLahs" granting vou certain
rights to access and use software owned hy SJLabs andfor
downloaded from the SJLabs wehsite, together with any
permitted copies of, and any permitted madifications,
enhancements, ar carrections to such softtware (callactively, the
"Software and any electronic user manuals and on-line help
function for the Software, as SJLahs may update them from time
to time ("Diocumentation™. ¥0OLU HERERY AGREE, BOTH O
YOUR Okl BEHALF ARD AS AN AUTHORIZED
REPRESEMTATIVE COF ANY QRGAMIZATION FOR YWHICH vl
ARE USIMNG THE SOFTWARE M"EMPLOYER", THAT ¥OLU AMD b

-~

| Accept | [ Decline

e Click the Accept button.

SJphone setup

R?/ Do ywou wish to begin SIphone installation?

¢ Click the Yes button.
The Setup window will ask you about the folder to which it unpacks SJphone™ installation files.

© SJ Labs, 1999-2005 Page 5 of 47 pages
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Setup will install vour applization in the following
Destination Folder.

V'ou may change the Destination Folder if wou wish.

Then click OK to install

i~ Destination Folder

C:MProgram Files\Sphonel _I

0K | ExitSenp |

o Specify the folder and click the OK button.
The Installing Applications window will appear

Installing Applications

Install "5 Labs 5Jphone For Windows CE" using the default application install directory?

] | Cancel |

e Click the Yes button to install SJphone™ into the default folder.
Setup will start installing SJphone™.

Installing Applications

Installing 5J Labz S5Jphone for Windows CE..

Cancel

When it finishes, the Application Downloading Complete window will appear

Application Downloading Complete

Please check your mobile device screen to see iF additional steps are necessary to complete this installation,

Click OK and make all necessary actions on your Pocket PC device.
To install SJphone™ without ActiveSync
e Download and run the cab file on your Pocket PC device.

Temp ~ Name

;Installing 51 Labs S1phone for ...

[8 Copying flles...

YProgram
Files SIphonel S Iphone, exe

Edit Open <[] 1] &2 =R
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¢ Follow the on-screen instructions.
You may need to reset your Pocket PC to complete the installation.

To uninstall SJphone™, connect your Pocket PC device to your desktop computer and use ActiveSync
Tools->Add/Remove Programs... menu item.

To start SJphone™, go to Start->Programs-> and tap SJphone icon.

1.5. Registering SJphone™

Note: If you have a pre-registered copy of SJphone™, you may skip the registration.

You may register your SJphone™ copy. The registration is free, and you will also be able to receive information
about new SJphone™ releases.

If you do not have the activation key, tap the Get Key button and follow the on-screen instructions.

To register your SJphone™ on-line, do the following:
e Tap Menu and select Options. The Options panel will appear.
e Select the Support tab, then tap the Register button.
An SJphone registration message will appear.
e Enter your activation key and tap 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.

#£F|sIphone o g 1157

@ Enter a new Activation Key:

-~
If wou receive the Activation Key
electronically, wou may copy it and paste to
the Fields below using the Paste button, To
obtain the Activation Key, click the Gat key
button and Follow the instructions,

51 Labs, 2008, release Mar 29 2005, Build:
1.50.274a

[werez | [izaso | |PeszE |
[p2oar | [aFHRH |

| Cancel | | Get key... |

B

1.6. Contact Information and Technical Support

Email: phone@sjlabs.com
http://www.sjlabs.com
or

¢ Tap Menu and select Options.
The Options panel will appear.
e Tap the Web button.

Bug Report...
This form is used to provide SJphone™ developers with the information necessary to fix problems that may
occur. You may automatically record and submit the information about the problems.

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

© SJ Labs, 1999-2005 Page 7 of 47 pages
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e Tap Menu, select Bug Reporting, and then Start Recording.

¢ Reproduce the problem

e Tap Menu, and select Submit....

The Submit Bug Report window will appear

o 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.

Web Tap this button to visit SJ Labs home page
E-mail Tap this button to send an e-mail to SJ Labs
& fzanr O Register Tap this button to register SJphone™
Contact Customer Cargt ———————— Advanced Tap this button to activate Remote Console

Wb v, sjlabs, com e [
E-mail: sjphone@sjlabs. com -'i:'i Sphone " 4< 2018 @

Sllabs RemoteConsole allows yau ko receive
remote technical support and assistance,

Initiate connection ko

the technical support

‘Wait For incoming
connection.

Status Field will display
address and pork values

2005, 51 Labs
Build 1.50.274a, Mar 22 2005
Unregistered version

Waik Connection

| Web I | Register. .. | Use Fixed port

[moaroport . | [[acvanced. | e
Meighborhood | CE Options | Support Elz S |Disconnected |
Menu | E|‘
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SJphone™ Panels and User Features

II. SJphone™ Panels and User Features

2.1. Controls on the Main Panel

Martin Back [

Active

p ational [audic

Respondent

[Hola_ ]
siﬂ id.example.com ()OS ¢
I Status [ d31 ]

2
b
g‘}ﬂ E

EQTIS lg

Do not Disturh

O Muate/Speak
3 - Rd;ute

0 Received P OND

Dial pad [ | Heighbors Calls
- = Dialed [ Missed
Menu |Contacts Calls Calls

l.ic».f'j" SIphone

& 4f 1048 €3

Martin Back

Dial

Operational (audio active)
Muke

}CIick "Dial" button to chooze respa | Contacks

I—
I
{[#5)

|
n
(L=

Lz [ ]

' [¥] €] rarater

]
= = T E
Menu| E|*

Call to:

Status:
Buttons
Dial
Hangup
Hold
Transfer

Phonebook
Neighbors
Dialed Calls
Received
Calls

Missed Calls
Mute

Speak

>>
<<
Transfer

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

Displays the call status

Tap this button to dial the address typed in the Call to: field
Tap this button to end the call

Tap this button to put the call on hold

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

Tap this button to activate the SJphone™ Phonebook,
Neighborhood Browser, or Call Logs

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

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

Tap this buttons to go to the next and previous screens of
SJphone™ Main panel

Tap this button to transfer the call to other respondents.

You can select the Main panel appearance from available skins. Go to
the Skins section to learn more about this feature.

(available in the Advanced Mode interface only)

You may look at the respondent properties. Tap and hold the
respondent and select the Properties item in the pop-up menu.

The Session Properties message will appear.

Sound Adjustments:

& Aoz D

&}"j" SJphone

Session properties

Session 1D 24

Session Type: SIP

Call Type: UDP

Direction: Incorming

Address: 192.168,12,15 1 5060
Dial String: sip: 192,168.12.15
Dialled as:

Respondent: Martin Back
Program: Sphone version 1.50.277b
Program wersion: 1,.50.277h
Status: Operational

Audio codec {in) ¢ G5M

audio codec {out): GSM

3

A

E|‘

Generally, you can adjust the SJphone™ sound characteristics using standard PocketPC audio controls.

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

© SJ Labs, 1999-2005
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2.2. Contacts

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

You may reach Contacts either by tapping the bottom buttons on the Main panel, or tapping Menu and selecting

Contacts..

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.

l.{f;.j'j«"‘ SJphone
PC to PC (H.323 3
Ready to caII :
Dialed
respondents
Tran.?_.fer

Martin Bick

€ o e

o 4¢ 200z (D

klartin Back
ﬁ 06,/07,/024 19:39:07, duration 00:11
SIP call

| Clear Log | |Ero|:uerties...| I Remaove I

N

Dialed

Missed | Received | Dialed | Phonebook| I\l ML

Calls

Menu |Contacts

Menu |

E|A

Call
Clear Log

Properties

Remove

Tap and hold a record to perform the following operations from a pop-up menu:

Cali

Remove

Add to Phonebook
Properties

Clear Log

Clear All Logs
Export Logs
Import Logs

Select it to call the selected respondent
Select it to remove the selected record from this log
Select it to add a selected respondent to Phonebook
Select it to view the information about a selected respondent
Select it to remove all records in this log
Select it to clear all logs

Select it to export logs to an external file. The default extension is clm.

You may view the information about a call
To do this, tapn and hold the call, or select the call and

tap the Properties button.

The Call Record message will appear.

Tap this button to call the selected
respondent

Tap this button to remove all
records in this log.

Tap this button to view the
information about a selected
respondent

Tap this button to remove the
selected record from this log

Select it to import logs from an external file. The default extension is clm.

o 4¢ 2004 (D

l.{?f’j" SIphone
Call Record

Session ID: 33

Session Type: 5IF

Call Type; LDP

Direckion: Qutgaing

Address: sip:i192,168,12,15 : 5060
Dial String: sip:192.168.12.15
Respondent: Martin Back

Program: SJLabs-5Jphone version 1,30,22
Program version: 1,30.230

Status; Operational

Starked: 06/07/024 19:3%:07
Accepted: 06/070/024 19,3915
Ended: 06/07/024 19:39:26

End Reason: Hangup acknowledged
End Reson Desc.!

B

A

E|‘

Page 10 of 47 page
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Phonebook

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.

£F|sIphone & 421758 (D Call Tap this button to call the selected respondent
Wartin Back (Martin) Add Tap this button to add a new record to Phonebook
h323tipiMBack exarnple com
Delete Tap this button to remove the selected record from
Phonebook
Edit Tap this button to edit the selected record
| add. || pelete || gt |
Missed | Received | Dialed | Phonebook I\EI
Menu | E|A
& df 151 Name: Field for the respondent's name
" - Nick Field for the respondent's nickname
T E-mail: Field for the respondent's e-mail
s Phone: Field for the respondent’s phone number
Email:  [MBack@mall.example.com | Use Advanced Select this box if you want to use an advanced dial string.
oh | | Dialing Go to the Place a Call section for details
Phone:  |5551234
Dialstring: Field for the advanced dialstring for the respondent.
it dilstri .
Elt dalstring Comments: Field for comments

Dialstring: |h323:ip:MBack.exampIe.com |

Comments

Mever try to call this person!] H
-

Cancel

E|A

You may also reach Phonebook by switching to the Phonebook screen on the Main panel. Tap and hold a
record to perform the following operations from a pop-up menu:

ot ¢ 17:56 € RS Select it to call the selected respondent

i rartin Back [ =i - .
Sl ool (audio ﬂ Martin B?Ekd ) EB &l Add Select it to add a new respondent to
A Cperational (audio active
-Actwe y Phonebook.
Respondent % —
5 Hol elete elec i 0O remove e selecle
| Mold 2 E Delete  Select it t the selected
Transfer
Martin Back (Martin) T~ T ICannat dial phore number in curre ) rESponqent fl’O.I'n Ph(?nebook.
323 gacl ssssacle Martin Back (Martin) | [Sommed Edit Select it to edit the information about a
pondent —v | I = | lected dent
Respondents — | h3z31ip:MEack example co T selecied respon
[oome J=x
ety
e
Do not Disturb his Speaker

T

Received pDND
Dial pad |_| Heighbors Calls [
e

— s e Dialed = Missed
Menu m Calls Calls Menu E|

n
n
w
o

3
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Neighbors
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!

£3|s3phone ot 1136 Refresh Tap this button to refresh the list of neighbors
g Diego Yelazques Properties Tap this button to view the information about a selected neighbor
hazziip:192,0.2,123:1720 . . .
= Martin Back Save Tap this button to add a respondent from the Neighbors list to
{h323rip: 192.0.2, 16211720 Phonebook
g Otto Schwartz
hi323uip: 192.0.2.213:1720 Call Tap this button to call a selected neighbor
| Refresh | |Eroperties...| | Save |
Dialed | Phonebaok | Meighbuors | s | OLEI
Menu | E|‘

Tap and hold a record to perform the following operations from a pop-up menu:

77 |s3phone - TR Nl  Call Tap it to call the selected respondent
Mame: artin Back Refresh Tap it to refresh the list of neighbors
Mick: L ] Add to Tap it to add a selected respondent to Phonebook.
Phonebook
E-mail: |MBack@maiI.exampIe.net |
Bhone: | | Properties Tap it to view the information about a selected neighbor
Edit dialstrirg

Dialstring: |h323:i|:|:192.El.2.162:1?20 |

Comments [ person is fictitious H
-

Cancel

E|A

You may also reach Neighbors by switching to the Neighbors screen on the Main panel

& 21728 €D

+ 4L

Dial

PC to PC (H.323 T
AC to PC (H.323) cal
Ready to call Ready to call
- Hargup
[_Hod ] Held

Transfer .
Heighborhs - Mt
ques |Ca|| tor h323:ip:MEack example.co Puke
h323:ip: 192:0.2,123:1720 : g DiEgD \-"E‘-‘lEquUES Cortacts

B gMartln Back Refresli‘. ipi192:0.2.123:1720 |
§h323:ip:192.0.2.15

Martin Back
g Ottn Schwartz
ha2g—ass

TR

Refresh

thazaiipi19z0.2z. 1620720 ] [ Save

g Cttn Schwartz
h3z3:ip:192.0.2.213:1720 —

Received
Calls

T

n
LS
w
L

Menu | E|A
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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. Tap the <- Options button.

.'%‘-j;"" 5J1phone

oF o2 1:31 @ .'%‘-j;"" S1phone

& 41153

Server: |ils.example.net:38q | |<- Options | Mame to call: Ul
Firsk name:  Markin
g _. . R - Last name:  Back
z 1 E-mail: ME@example, comm
Otto Schwartz (OSch@example Location: Santa Rosa, CA
g Audio only Terminal in Muenchen Country:
Persandl Address:  192.168.12.15:5060
Hidden Mo
Capabilities;  Audio only
Refresh | |Eroperties... | | Save | Categaory:  Personal
Application:  ms-netmeeting
App. GUID:  DDBAFF194794CF1 15796444553
Comments:  This person is Fictitious!
- -

Outlook Contacts

Shows the contacts in the Contacts with phone numbers.

Tap this button to call a selected contact using a currently
selected service.

i3 |s3phone &t 4 12:05

Meighbors | ILS | Outlook Contacts EI

Menu | E|A

2.3. Skins

You can choose the SJphone™ Main panel app
el o qf1za3 O

Call

(W) Use skin: |DeFauIt.skn

() Do nok use skin
{1 Use skin From active Service Profile

P PC (5IP) ~
Racy to call e ——
b )
L
- .
I
3 3
1 abe daf
] 5 ]
ghl I o
] ] L] -
pars 1y WRYT m
* . # S ono
Lol e

Prafiles | ILS Directory | Skins | NeighborhEI

Menu |

E|‘

Do not use skin

Use skin

Use skin from
active Service
Profile

<- Options Tap this button to copy ILS options
from the ILS Directory Options tab.

Refresh Tap this button to refresh the ILS
Directory list.

Call Tap this button to call a selected ILS
user.

Save Tap this button to add a respondent
from the ILS Directory list to
Phonebook

Properties Tap this button to view the

information about a selected ILS user.

earance by using skins.
To change a skin, tap the arrow and select a skin.

Select this option if you do not want to use skins

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

Select this option if you want to use a skin
specified in the active service profiles
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lll. Configuring SJphone™

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

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

Interface mode switch:
e Tap Menu and 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 taping Menu and selecting Options on the Main panel.

3.1. Entering Your Personal Information

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

B &t 4340 D Name Field for your name
E-mail: Field for your e-mail
fame: Richard Roe . iold f | .
E-mnail: RRu@e:xample. com Location: Field for your location
Location: Santa Rosa, CA Comments: Field for comments
This person is fictitious! B Image You may add a picture to your personal information.
Carmments: — . . . .
i All other SJphone™ users will see it on their main
panel.
ge _ Use image Select this box if you want other SJphone™ users to
v| Use image: |\My DocumentsiPersongl view your picture
Image should be & 32x32 bmp, Browse Tap this button to browse for your picture
| \ png or jpeg file less than 10 kb,
User Infarmation | Call Options | Prafiles | 4
Menu | E|‘

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:

e - . . .
B & 4co2s @ Automatically accept Select this box if you want SJphone™ to
Incoming calls incoming calls: accept all incoming calls automatically
O S Automatically ignore Select this box if you want SJphone™ to
D%ﬁi%?:é‘i:‘l'faﬁ';fre s incoming call after... secs: ~ automatically ignore an incoming call if
- you do not accept it within the specified
I:‘ Ignore all incoming calls g
(do not disturb made) time
Oukgoing calks — Ignore all incoming calls: ~ Select this box if you want SJphone™ to
Pessen aleation ol ignore all incoming calls
v 192.1658.55.101 - .
host address: Outgo|ng calls:
Use following host Select this box if your device has several
address: IP addresses and select one from the list
of available addresses
—|F , T | e | O Session initialization Timeout for which SJphone waits for a
User Informatin | Cal Options | Profies | [ ([ registration with a SIP proxy. If it fails to
Menu | E|‘ register during this timeout, the session

will not start. O disables this feature
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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 option can be selected at a time.

You may also select either Auto accept calls or Do not disturb from Menu.

Outgoing Calls:

If your device 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.

3.3. Audio Options

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

£3|s3phone & Ae1z52 @ Sound adjustments
Sound adiustrents Automatically adjust Select this box to let SJphone™ adjust the
Automatically adjust microphone volume microphone volume: microphone volume automatically (currently
Automatically adjust silence not implemented)
detection level i i . .
Automatically adjust Select this box to enable the automatic

m Enable DirectSound For improved ) ; ~
audio performance silence detection level: adjustment of silence detection level

Directy wersion: |[nob detecked

Enable DirectSound for ~ Select this box if your sound system

Sound devices improved audio supports DirectSound
Playback: |<:system default v| performance:
ing: |=system default = ; R i i i i
Recording: | <system defau o DirectX version: Check DirectX version installed in your
Ringing: |<svstern default= | system
| Codecs, ., || Advanced settings. .. |

Prafiles | ILS Direckary | Audio | Skins | Neilzlz
Menu | El‘

Sound devices

Playback: Shows what audio device SJphone™ uses to playback audio.

If your system has several audio devices, you may select one from the list of available devices
Recording: Shows what audio device SJphone™ uses to record audio.

If your system has several audio devices, you may select one from the list of available devices
Codecs and Advanced Tap these buttons to set SJphone™ advanced audio and compression settings.
Settings:

Automatically adjust microphone volume
(currently not implemented)

Some sound systems 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.

Automatically adjust silence detection level

When the Automatically adjust silence detection level is selected, SJphone™ does not send IP packets when
you are silent, or you mute SJphone™. That reduces network 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.
Sound Devices

If your device has several sound devices, you may select which one will be used.

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

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

B &t om0 D

&}"j" SJ1phone

ILS directory server

Address: |i|s.exam|:-le.net |

Use Default

| Open ILS Direckory Browser |

Port: 359

Reqgistration options
Log on ta the specified ILS directory

|:| Do not lisk mey name in the direckory

] adult |

[User cakegory

Personal Business

Status |Not registered |

Call Dptions | Profiles | ILS Directary F\udEI

Menu | El*

ILS Directory Server

Address:
Port:
Registration options

Log on to the
specified ILS directory

Do not list my name
in the directory

User category

Status:
Buttons
Use Default:

Open ILS Directory
Browser

Field for the ILS Directory Server address
Field for the ILS Directory Server port number

Select this box to log on to the ILS Directory

Select this box if you do not want to be listed in
the ILS Directory list. If you are logged on the
directory, you will still be available to others
who know your logon name.

Select a box for the category you want to log
on

Shows your status on the directory

Tap this button to switch to the ILS Directory
Server default port (389)

Tap this button to open the ILS Directory
Browser.

You may use ILS Directory Browser to locate people on a particular ILS server. Go to the ILS Directory Browser

section for details.

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 tap 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. CE Options

& 4¢12:20 (D
Hardware butbons —M8M8

l."glc-.‘;;" SIphone

Action : |Sh0w,l'hide phone v|

Power manager options
Disable power save
Turn off screen on timeout

|:| Restore power save mode when call
ends or failed

Skins | Meighborhood | CE Options SuppEz

Menu | E|*

Hardware Buttons

Power manager options
(PocketPC 2003 (SE)
only)

Disable power save

Turn off screen on
timeout

Restore power save
mode when call ends or
failed

Select a button you want to use from the list
and select an action you want to assign.
You may set options that allow SJphone™
to receive incoming calls when your device
is in a power save mode.

Select this option if you want SJphone™ to
receive incoming calls when your device is
automatically turned off.

Note! This option shortens the time your
device can live on its battery.

Select this option if you want your device to
turn its screen off in a timeout specified in
the device's power settings.

Select this option if you want SJphone™ to
return to its power save mode when a call
ends or fails.
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You may assign device buttons to perform various SJphone™ actions such as showing/hiding SJphone™,
receiving calls, etc. For PocketPC 2003(SE) devices, you may also use power management options that help
your device conserve battery power when SJphone™ waits for an incoming call.

3.6. 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!

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.

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

& 409 Local network
Reveal your presence to ~ Check this box to reveal your presence to
Local netwark the Neighborhood your network neighbors
Rewveal your presence ta the H .
Meighborhood {Online) (Onlme).' i . ) . .
Keep-alive timeout: Field for the timeout in which SJphone™
Keep-alive timeout: s sends messages about its presence to
Browser TTL check other SJphones on your local network.
timeout: 5 .
Status: Shows your neighborhood status.
| Use recommended walues | Buttons
Use recommended Tap this button to set the values to their
Status: [online | values recommended values
Audio | Skins | Meighborhood | CE Optionsmz
Menu | E|*
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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 VolP 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 device is on a private network, you need to place

an H.323 call through a Gatekeeper using an appropriate profile. If there are 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 device 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" (a special digit) to the phone number. Such prefixes are used to route
calls to phones through required gateways. Ask the gateway administrator for details.
You may call the numbers stored in 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
A SIP URL
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

An ILS 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 name
<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 Jjohndoe@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 tap the Dial button on the SJphone™ Main panel.
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, tap 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 device receives a call, you will hear a ring sound. Simultaneously, an Incoming Call message will
appear.

e To answer the call, tap the Accept button.
e To reject the call, tap the Ignore button.
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Incoming call

Incoming call from “Martin Back”

From IP address 192.168,12,15: 5060

SIP session using SJphone version
1.50.277b

:
GO e
mmalls (o] 5

E

|A

Menu |

You can configure your SJphone™ to automatically accept or reject all incoming calls. Go to the Call Options
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,

e Select a call you want to put on hold and tap the Hold button
or
e Tap and hold a call you want to put on hold and select Hold in the pop-up menu

To resume a call on hold,
e Select a call you want to resume and tap the Hold button
or
e Tap and hold 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 tap the Transfer button
e Select Enter number and enter the respondent address in the Call To field
e Tap the Transfer button once again

Attended transfer:
e Establish a call to a respondent to whom you want to transfer the call
e Select a call you want to transfer and tap the Transfer button or

Tap and hold the respondent and select Transfer in the pop-up menu.
e Select the call with the respondent in the pop-up menu

4.4. Switch between Respondents

On the Main panel, tap the respondent with whom you want to talk.

4 5. Start a Conference

Although SJphone™ supports connections with multiple respondents, you may usually talk only to one
respondent at a time.
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If you want to talk to several respondents simultaneously,
e |f there are other calls with parties you do not want to include in the conference, put them on hold.
e Tap Menu and select Conference.

All active respondents will be included into the conference. Now you may talk to several respondents
simultaneously. They also can talk to each other.

If you want to exclude someone from the conference, select the party and put her/him on hold. To include
someone back to the conference, select her/him and resume the call.

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 Tap 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 in the respondent control showing how many messages
are waiting.

To listen to the messages, make a call to your voice mail box and follow the instructions.

If you use this feature often, you may create a special record in the Phonebook for the voice mail box
address/number.

4.8. Send a DTMF Signal

SJphone™ supports DTMF signal sending both for SIP and H.323 protocols.
To send a DTMF signal,
e Tap a digit button on the Main panel
or
Use a keyboard on your device.

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 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 create
your own, although that requires some knowledge of VolP technology.

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

To select a profile,
e Tap Menu, select Services, and then the required profile
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or

e Tap the Options button on the SJphone™ Main panel and go to the Profiles tab.
e Select the required profile and tap the Use button.

{3 |s3phone ot d¢1z3s @ Some profiles require initializing, that is, they require the user to enter some
Please enter this information to account-specific information, such as a phone number, access password, etc.
initialize the service profile A Service Properties message will appear the first time you select such
profile. You may also re-initialize the profile, if its account-specific information
Account: |Useraccount | changes
Pasemard: |*********** |
Caller 10 [s551234 |

Save service information permanently

E|‘

To initialize or re-initialize a profile,

e Tap Menu, select Services, and then the required profile
e Tap Menu once again and select Re-initialize profile.
The Service Properties message will appear

e Enter the required information and tap the OK button

or

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

The Service Properties message will appear

o Enter the required information and tap the OK button

4.10. End a Call

To end a call,

e Select the respondent and tap the Hangup button on the SJphone™ Main panel,
or
Tap and hold the respondent and select the Hangup item in the pop-up menu.

4.11. Restart SJphone™

To restart SJphone™,
e Tap Menu and select Restart.

4.12. Exit SJphone™

To exit SJphone™,
e Tap Menu and select Shut down.
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, SJphone™ 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 create your own profile for your IP-PBX, ITSP, or Gateway with your own set of options, although
that requires some knowledge of VolP technology.

£F|s3phone P dt RS E R ok New Tap this button to create a new profile

Edit Tap this button to edit a selected profile
Skatus
355 | TR | Delete Tap this button to delete a selected profile
PCtoPC(SIP) in use Use Tap this button to switch to a selected profile

Initialize Tap this button to initialize a selected profile
Rename Tap this button to rename a selected profile

[ mew. || Edt.. || Dokt |

| Use... | | Initialize. .. | | Rename. .. |

User Information | Call Options | Praofiles EZ

Menu | El‘

To select a profile,
e Tap Menu, select Services, and then the required profile
or

e Tap Menu, select Options, and go to the Profiles tab
e Select the required profile and tap 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 Properties message will appear the first time you select such
profile. You may also re-initialize the profile, if its account-specific information has changed.

To edit a profile,

e Tap Menu, select Options, and go to the Profiles tab
e Select the required profile and tap the Edit button
e Change the required parameters and tap the OK button
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To initialize or re-initialize a profile,
e Tap Menu, select Services, and then the required profile £3|s1phone & 21235 (D
e Tap Menu once again and select Re-initialize profile. Please enter this information to
The Service Properties message will appear [0 LI R
e Enter the required information and tap the OK button

Account: |Useraccount |
or
e Tap Menu, select Options, and go to the Profiles tab Password: | |
e Select the required profile and tap the Initialize button. Caller 1D |55512341 |

The Service Properties message will appear
e Enter the required information and tap the OK button

Save service information permanently

[
To remove a profile, Delete Profiles
e Tap Menu, select Options, and go to the Profiles tab Do you realy want to
e Select the required profile and tap the Remove button R

A Delete Profiles message will appear

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

Tap the Yes button to confirm profile removal.

5.2. Creating your own service profile

SJphone™ allows you to create your own profile for your ITSP (Internet Telephony Service Provider) or your own
SIP proxy, H.323 gatekeeper or gateway. Please keep in mind that creating a profile requires some knowledge of
at least basic details of the SIP and ITU-T H.323 VolP protocols. If you experience problems, your best friend(s) is
your ITSP support or/and network administrator. Always consult them when in doubt.

Initialization

Some profiles require initializing, that is, they require the user to enter some account-specific information, such as
a phone number, access password, etc. You will enter this information during profile initialization. Initialization
information may be either permanently stored, or you will have to enter every time you switch to this profile. You
will specify on the Initialization tab which information is required for initialization and how it will be stored.

[j 5Iphone ot 155 Initialization options:
Userdsta:  Inquired Saved Required Inquired If selected, this parameter will be asked during profile
Account: initialization
Saved If selected, this parameter will be permanently saved

Password: !

Caller ID:

O O ] Required If selected, this parameter is required for this profile
(I I R

Full Ad;lress of

Initialization | SIP Proxy | General | DTMFI [ r
Menu | E|‘
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SIP Profiles
Calls through a SIP Proxy
This profile is used to make calls to another computer using a registration with a SIP proxy.
To create a new profile for calls through a SIP proxy,
e Tap the Options button on the SJphone™ Main #£F|sIphone o 42105 (D

panel and go to the Profiles tab _
. Tap the New button Profile name:; |Test SIP proxy |
A Create New Profile window will appear Elsname: |Test SIP prosey.in |
e Select Calls through SIP Proxy in Profile, _
. . Profile type: |Ca||s through SIP Prosy v|
specify a name for the profile, and tap the OK
bUttOI’]. Irnporkant note
e Specify the required profile options and tap the Calls through 3P Proxy: Prefile for 5
call through a SIP prosey. SIP prosy
OK button. information is permanently stored in the
profile. Caller information can be easily
changed by re-initializing,
B
Initialization
£F|s1phone & df 100 D Accounts Your account (login) at the proxy
User data: Inquired Saved Required Password Your password at the proxy
Accounk:
Caller ID Your Caller ID at the proxy. Used to
Password: form your SIP Address of Record
Caller ID: O O Full Address of Record Your Full Address of Record. Used
Pl ddressof ] 0 ] to form your SIP Address of

Record

Initizlization | SIP Prasey | General | DTMF I 4
Menu | El‘
Either Caller ID or Full Address of Record can be specified.

SJphone™ forms your SIP Address of Record in the following way:

If Full Address of Record is specified explicitly, it is used as the SIP Address of Record regardless of other
parameters.
Otherwise, the Address of Record is a string of the following form:

sip:CallerID@UserDomain.

Where
CallerlD is selected on the Initialization tab and specified in the Caller ID option during initialization. If
this option is not selected, Account will be used.
UserDomain is specified in the User domain: option on the SIP Proxy tab. If this option is not specified,
Proxy domain on the same tab will used.
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SIP Proxy
& 4 106 (D

&}"j" SJphone

Procey domain: |.example.c0m | : |E| |

User domain:  |example.net

Reqister with proxy
Prosey is strict outbound
Advanced options
I:‘ Use separate registrar
Registrar domain:

| | ]

Unregister contact address only
Proxy for NAT:

| ||
Initialization | SIP Proxy | General DTMFIi »

Menu | E|A

Proxy is strict outbound

Advanced options

Use separate registrar

Registrar domain

Unregister contact address only

Proxy for NAT

The address and port for the SIP proxy. May be either a DNS name
or IP address. This option is used to form a user's address-of-record
(if its Full Address of Record is not explicitly specified) and the user’s
registrar address and the REGISTER queries (if the Use separate
registrar option is not selected and user’'s Registrar domain is not
explicitly specified). It is also used to form a full SIP URL for outbound
calls if incomplete information, such as a phone number or a user
name, is entered. Enter O if you do not want to specify an exact port
number.

The address and port for the user domain. May be either a DNS
name or IP address. If the User domain is specified, it will be used to
form the user's address-of-record and incomplete SIP URLs for
outbound calls instead of the Proxy domain option. Enter 0 if you do
not want to not specify the port number.

If this option is selected, SJphone™ will register with the proxy.
Always select this option unless instructed otherwise. Recommended
status: Selected.

Proxy domain

User domain

Register with
proxy

If this option is selected, all queries (including REGISTER) will be sent through this
proxy, regardless of the SIP URI obtained or entered during the query forming. If this
option is not selected, the queries are sent to the address obtained using the resolution
procedure from RFC 3263. Recommended status: Selected.

Do not change these options unless you have reasons to do so.

Always consult your ITSP support or/and network administrator when in doubt.

A very rarely used option. If this option is selected, SJphone™ will register with a
separate SIP entity rather than with the proxy specified in the Proxy domain option.
Recommended status: Cleared.

The address and port for the separate SIP registrar. May be either a DNS name or IP
address. Enter 0 if you do not want to specify an exact port number. Used if the Use
separate registrar option is selected.

If this option is selected, during the process of unregistering, SJphone™ will unregister
only its temporary SIP URL associated with the current running SJphone™ instance. If
this option is cleared, SJphone™ will unregister all temporary SIP URLs associated
with the permanent user address-of-record. Recommended status: Selected.

The address and port for the SIP proxy used to traverse NAT. May be either a DNS
name or IP address. If SJphone™ detects, using the STUN procedure, that it is behind
NAT, this address will be used instead of the Proxy domain address. Enter O if you do
not want to not specify the port number.

SJphone™ resolves addresses for the REGISTER and INVITE (the first one in a session) queries using the
procedure described in RFC 3263.

General
& 4f10:52 (D
Accept redirection replies

Use short headers
Expose software version

L&?f" sIphone

|:| Use obsolete transfer mechanism
(BYEfAlsa)

|:| Use "application/sip" for MOTIFY bodies

I:l Restrict caller identity {support varies
for proxies Fram various vendars)

Vaice mail number ar address:

es4s |

Initialization | SIP Proxy | General | DTMF I 1k
Bl

Menu |

Voice mail number or address

If this option is selected, SJphone™ will automatically call the
addresses returned with redirection replies. (Valid only for SIP
URI). Recommended status: Selected.

If this option is selected, SJphone™ will use short header
names in SIP messages. Clear this option only if your system
does not support short headers. Recommended status:
Selected.

If this option is selected, SJphone™ will send information
about itself in the Server and User-Agent headers.
Recommended status: Selected.

If this option is selected, SJphone™ will use the BYE/Also
mechanism for blind transfers. In fact, this mechanism is
deprecated. Recommended status: Cleared.

Use this option only if your SIP proxy supports this feature.
Recommended status: Cleared.

Accept redirection
replies

Use short headers

Expose software
version

Use obsolete transfer
mechanism (BYE/Also)

Restrict caller identity
(support varies for
proxies from different
vendors)

If the SIP proxy supports this feature, enter a voicemail number or address.
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DTMF
DTMF sending

£F|s1phone S TAFFMokl  SJphone supports 3 methods:
DTMF sending 1. In-band: DTMF signals are sent as digitized sound in the RTP channel.
Send DTMF as: 2. RFC2833: DTMF signals are sent as special packets controlled in the
RTP channel.
Signal duration (ms) 3. SIP INFO: DTMF signals are sent in the INFO message in the SIP session

control channel.

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

RFC 2833

RTF payload type: 101

Signal wolume ¢-dBmo

In-band

Pause duration {ms):

Initialization | SIF Proxy | General | DTMF | [ r

Menu | E|‘ Depending on your local DTMF standard, you may need to adjust some DTMF
parameters. If necessary, consult your ITSP support or/and network administrator.

STUN
iz g g Use discovered addresses  If this option is selected, SJphone™ will use
£ |5yphone & <125 @ in SIP addresses discovered by the STUN procedure in
[] Use discovered addresses in SIP SIP packets. Recommended status: Cleared.
[] Use discavered addresses in H. 323
Server Address: [stun.example. | : [3478 ] Server Address The address and port for the STUN server. May
be either a DNS name or IP address. Unless
Advanced Options instructed otherwise, do not change this option.
Refresh timeout:
Conclusive response D Advanced Options Use this option if the STUN discovery procedure
tmeout: works unstably or does not work at all. Always
Retransmissions number consult your ITSP support or/and network
administrator when in doubt. Do not change them
unless you know what you are doing.
Refresh timeout A time interval in milliseconds after which a
’7 status of each network interface is determined.
oIF Proxy | Genera | dlis | ST K Should be at least 100 msec.
Menu | E|A
Conclusive response timeout A time interval in milliseconds during which the STUN client waits for re-
transmitted answers after the first answer to the STUN query has been
received. Should be at least 100 msec. RFC3489 recommends 10000. The
special value 0 means that the STUN client will not wait for the re-sent
answers.
Retransmission number The maximum number of re-transmitted first STUN queries when the network

interface status is being determined. Should be less than, or equal to, 13.
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Initialization:
To initialize or re-initialize this profile,
e Tap Menu, select Services, and then the required profile #£3|s3phone & g 1235
e Tap Menu once again and select Re-initializeor Please enter this information to
« Tap Menu, select Options, and go to the Profiles tab initialize the service profile
e Select the required profile and tap the Initialize button. |
A N Account: Useraccount |
The Service message will appear
e Enter the required information and tap the OK button N |
e Select Save service information permanently if you do not want to Caller 10 |ss51234 |

enter this information every time you select this profile.

Save service information permanently

[

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 support 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 are on a private network
(your computer has an IP address like 10.x.x.x, 192.168.x.x, 172.16.0.0 - 172.31.255.255).

If your service profile allows you to do this, you may check if SJphone™ is behind NAT. To do so, switch to
Advanced Mode.

You are NOT behind NAT if you see the following:
o 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

NAT/Firewall: Symmetric Firewall (Strictly speaking, a symmetric firewall is not a NAT device but
SJphone™ works behind a symmetric firewall as it were behind NAT.)

It is unclear if you are or are not behind NAT if you see the following:
o NAT/Firewall: Unknown
¢ 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.
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NAT traversal methods
Below are NAT traversal methods that SJphone™ supports. Which is to be used, depends on your ITSP, on your
network configuration, etc. Always consult your ITSP support 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 support 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 Use discovered addresses in SIP option on the STUN tab.

3. One proxy does not support NAT traversal
Use discovered addresses in SIP option on the STUN tab. Enter STUN settings on the STUN tab. For the most
cases the default settings are correct.
This is the worst case and you may experience problems with calls. Consult your ITSP (Internet Telephony
Service Provider) support or/and network administrator in this case.

Direct SIP PC-to-PC call
This profile is used to make direct calls to another computer using the SIP VolIP protocol.

To create a new profile for direct SIP PC-to-PC #£i3|s3phone & 421200 D
calls,
. fil H i
e Tap the Options button on the SJphone™ Profie name: [Test Drect St |
Main panel and go to the Profiles tab Fil iame: | Test Direct SIP.ini |

e Tap the New button
A Create New Profile window will appear

e Select Direct SIP Calls in Profile, specify a _ . ]
name for the profile, and tap the OK button. e RS

o Specify the required profile options and tap the
OK button.

Profile type: |Direct SIP Calls v|

Imporkant note

Cancel

|-
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General

L.E:.}" Siphone ot 42 9:50 @

Accept redirection replies
[] use short headers
Expose software wersion

I:l Use obsolete transfer mechanism
(BYESAlsD)

I:‘ Use "application/sip" for MOTIFY badies

|:| Restrict caller identity {suppart varies
for proxies From various vendors)

General | DTMF | STUN |
Menu | E|4

DTMF

3 |s3phone & df12:36 (D
DTMF sending

Send DTMF as:

Signal duration {ms): 270

RFiC 2533

RTF payload bype: 101

Signal volume (-dBm):
In-band

Pause duration (ms): 100

General | DTMF | STUN |

Menu | E|‘

STUN

i3 |s3phone &t qf1243 (D

[ ] use discavered addresses in SIP

I:‘ se discovered addresses in H, 323

Server Address: |StUH-E><ElmD|E-| :|34?8 |

Advanced Options

Refresh timeout: 1200000

Conclusive response
timeout:

Il

Retransmissions number: (13

Accept redirection
replies

Use short headers

Expose software
version

Use obsolete transfer
mechanism (BYE/Also)

Restrict caller identity
(support varies for
proxies from different
vendors)

DTMF sending

If this option is selected, SJphone™ will automatically call the
addresses returned with redirection replies. (Valid only for SIP
URI). Recommended status: Selected.

If this option is selected, SJphone™ will use short header
names in SIP messages. Clear this option only if your system
does not support short headers. Recommended status:
Selected.

If this option is selected, SJphone™ will send information
about itself in the Server and User-Agent headers.
Recommended status: Selected.

If this option is selected, SJphone™ will use the BYE/Also
mechanism for blind transfers. In fact, this mechanism is
deprecated. Recommended status: Cleared.

Use this option only if your SIP proxy supports this feature.
Recommended status: Cleared.

SJphone supports 3 methods:
1. In-band: DTMF signals are sent as digitized sound in the RTP channel.
2. RFC2833: DTMF signals are sent as special packets controlled in the RTP

channel.

3. SIP INFO: DTMF signals are sent in the INFO message in the SIP session
control channel.

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

Depending on your local DTMF standard, you may need to adjust some DTMF
parameters. If necessary, consult your ITSP support or/and network administrator.

in SIP

Server Address

Advanced Options

Refresh timeout

General | DTMF | STUN |

Menu | E|*

Conclusive response timeout

Use discovered addresses  If this option is selected, SJphone™ will use

addresses discovered by the STUN procedure in SIP
packets. Recommended status: Cleared.

The address and port for the STUN server. May be
either a DNS name or IP address. Unless instructed
otherwise, do not change this option.

Use this option if the STUN discovery procedure
works unstably or does not work at all. Always
consult your |ITSP support or/fand network
administrator when in doubt. Do not change them
unless you know what you are doing.

A time interval in milliseconds after which a status of
each network interface is determined. Should be at
least 100 msec.

A time interval in milliseconds during which the STUN client waits for re-transmitted
answers after the first answer to the STUN query has been received. Should be at
least 100 msec. RFC3489 recommends 10000. The special value 0 means that the
STUN client will not wait for the re-sent answers.
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Retransmission number The maximum number of re-transmitted first STUN queries when the network
interface status is being determined. Should be less than, or equal to, 13.

Initialization: This profile does not require initialization.

H.323 Profiles
Direct H.323 PC-to-PC call

To create a new profile for direct H.323 PC-to- i3 |s3phone
PC calls,
. fil : i .
« Tap the Options button on the SJphone™ Prfie name; _|Tes Drect 1,523 |
Main panel and go to the Profiles tab File niame: | Test Direct H.323.0ni |

e Tap the New button
A Create New Profile window will appear

e Select Direct H.323 Calls in Profile, specify a

Profile type: |Direct H.323 Calls v|

Imporkant note

Direct H.323 call: Profile for a direct PC-

name for the profile, and tap the OK button. to-PC call using the H.323 VolP
» Specify the required profile options and tap the protocal.
OK button.

Cancel

|-

Initialization

#£3f|s3phone & qgas (O Caller ID This number may be used by internet or telephone network
providers for call identification and billing. Contact your system
administrator or VolP service provider for details

ser data; Inquired Saved Required

Caller ID: l:‘

Initialization | H.245 | Media Channels | STUN |
Menu | E|*
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H.245

£F|5phone &t d¢aas D Channel usage  These parameters are described in ITU H.323 and H.245
protocol specifications. Do not change them unless
instructed by your system administrator.

hannel usage

Enable Fast-Start

Enable H. 245 tunneling

Enable Early H.245

Initialization | H.245 | Media Channels | 5TUN |
Menu | E|A

Media Channels

£F|5phone &t dtaaz D Audio channels These parameters are described in ITU H.323 and H.245
uidio charnels protocol specifications. Do not change them unless
Lise remate codec preferences instructed by your system administrator.

Qpen :ludio streams after remote DTMF sending
opene

SJphone supports 4 methods:

[ orly vhen Slave 1. In-band: DTMF signals are sent as digitized sound. This is the
UGB S e v ) choice if you want to control an external telephone device such as a
Enforce sudio open in s fax machine, answering machine, etc.
Hangup if Failed to open outgoing audio 2. Q.931 keypad: DTMF signals are sent through the Q.931
Hangup if Falled to open KeypadFacility Information Element of Q.931 messages.
incaming sudio channel in 5 3. H.245 alphanumeric: DTMF signals are sent as one of the out-of-

band method in H.245 protocol messages.

QTM; — — 4. H.245 signal: DTMF signals are sent as one of the out-of-band
2endl DTMF as: method in H.245 protocol messages.

—— ] For a direct call, the remote user does not hear DTMF signals when the Q.931
BUEEESERER 1=dia Channes (IR keypad, H.245 alphanumeric, or H.245 signal methods are used. The
MenU| E|‘ remote user will hear DTMF signals when the In-band method is used.

STUN
iy 5 & Use discovered addresses  If this option is selected, SJphone™ will use
£ [stphone & <c 1000 B in H.323 addresses discovered by the STUN procedure in
Use discovered addresses in SIP H.323 packets. Recommended status: Cleared.
I:‘ Use discovered addresses inH, 323

Server Address: [stun softioys. | : [3478 | Server Address The address and port for the STUN server. May

be either a DNS name or IP address. Unless

Advanced Options instructed otherwise, do not change this option.

Refresh timeout:

gonclusive response D Advanced Options Use this option if the STUN discovery procedure

tmeout: works unstably or does not work at all. Always

Retransmissions number: consult your ITSP support or/and network

administrator when in doubt. Do not change them
unless you know what you are doing.
Refresh timeout A time interval in milliseconds after which a
Il_litialization|'_|245|M.3 ™ Channels|STLlN|_ status of each network interface is determined.
' Should be at least 100 msec.
Menu | E|*
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Conclusive response timeout

Retransmission number

Initialization:

A time interval in milliseconds during which the STUN client waits for re-
transmitted answers after the first answer to the STUN query has been
received. Should be at least 100 msec. RFC3489 recommends 10000. The
special value 0 means that the STUN client will not wait for the re-sent
answers.

The maximum number of re-transmitted first STUN queries when the network
interface status is being determined. Should be less than, or equal to, 13.

To initialize or re-initialize this profile,

e Tap Menu, select Services, and then the required profile

l.f—-.‘;'j" siphone

o 4 1004 (D

Advanced Features

e Tap Menu once again and select Re-initialize profile.
or

e Tap Menu, select Options, and go to the Profiles tab

Please enter this information to
initialize the service profile

Caller I |5551234{ |

o Select the required profile and tap the Initialize button.
The Service message will appear

¢ Enter the required information and tap the OK button

e Select Save service information permanently if you do not want to
enter this information every time you select this profile.

Save service information permanently

Cancel

Calls through an H.323 Gateway

To create a new profile for calls through an
H.323 gateway,

e Tap the Options button on the SJphone™

l.f—-.‘;'j" siphone

& 41000 D

Praofile name: |Test H.323 G |

Main panel and go to the Profiles tab Fie name: TestH.323 GW i |
e Tap the New button _ —
A Create New Profile window will appear REL 0 D ’]

Imporkant note

e Select Calls through H.323 Gateway in

. . . Calls th h H.323 Gy': Profile F
Profile, specify a name for the profile, and tap o1 to tolo through -

call to & telephone network through an

H.323 gateway. Gateway address is
the OK button. . ) X permanently stored in the profile, Caller
¢ Specify the required profile options and tap the ID can be easily changed by re-
initializing.
OK button.

Cancel
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Initialization

o 42 1004 (D Caller ID This number may be used by the gateway for call identification
and billing. Contact your system administrator or VolP service
ser data: Inguired Saved Required provider for details

Caller ID: l:‘

-

Initialization | H.323 Gatemay | H.245 | M& [ r
Menu | E|A

H.323 Gateway

[*j s3phone & ¢ 1009 (D Gateway settings
Gakeway setkings ————————————— Gateway address The Gateway IP address
Gateway address:

iz 0 2 2

|:| Use Gateway Profile

| Manage Gateway Profiles, ..

Initialization | H.323 Gateway | H.245 | MEI LI
Menu | E|‘

H.245

£F|5phone ot g 10:24 (D Channel usage  These parameters are described in ITU H.323 and H.245
protocol specifications. Do not change them unless
instructed by your system administrator.

-

hannel usage

Enable Fast-Start
Enable H. 245 tunneling
Enable Early H.245

H.245 | Media Channels | STUN | [4]»]
Menu | E|‘
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Media Channels

o 41029 (D

Audio channels
Use remote codec preferences

Open audio streams after remote
openad

Cnly when Slave

Symmetric mode (F possible)

Enforce audio open in 5
Hangup if Failed ko open outgoing audio
Hangup if Failed ko open

incoming audio channel in 5

DTMF sending

H.245 | Media Channels | STUN [4]»]
Menu| E|‘

STUN

o 41030 (D

Use discovered addresses in SIP

ﬂ}f’j" SJphone

[] use discavered addresses in H. 323

Server Address:  |example .com | ¢ [3478 |

Advanced Options

1200000

Refresh timeout:

Conclusive response
timeout:

Il

Retransmissions number: (13

Initialization | H.323 Gateway | H.245 | M& ML
B~

Menu |

Conclusive response timeout

Retransmission number

These parameters are described in ITU H.323 and H.245
protocol specifications. Do not change them unless
instructed by your system administrator.

Audio channels

DTMF sending

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

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

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

For a direct call, the remote user does not hear DTMF signals when the Q.931
keypad, H.245 alphanumeric, or H.245 signal methods are used. For a call
through an H.323 gateway, this depends on the gateway. Some convert DTMF
signals into sound, some do not. The remote user will hear DTMF signals
when the In-band method is used.

If this option is selected, SJphone™ will use
addresses discovered by the STUN procedure in
H.323 packets. Recommended status: Cleared.

Use discovered addresses
in H.323

The address and port for the STUN server. May
be either a DNS name or IP address. Unless
instructed otherwise, do not change this option.

Server Address

Use this option if the STUN discovery procedure
works unstably or does not work at all. Always
consult your ITSP support or/and network
administrator when in doubt. Do not change them
unless you know what you are doing.

A time interval in milliseconds after which a
status of each network interface is determined.
Should be at least 100 msec.

Advanced Options

Refresh timeout

A time interval in milliseconds during which the STUN client waits for re-
transmitted answers after the first answer to the STUN query has been
received. Should be at least 100 msec. RFC3489 recommends 10000. The
special value 0 means that the STUN client will not wait for the re-sent
answers.

The maximum number of re-transmitted first STUN queries when the network
interface status is being determined. Should be less than, or equal to, 13.

© SJ Labs, 1999-2005

Advanced Features

Page 35 of 47 pages



Advanced Features

SJphone™ User’s Guide

Initialization:

To initialize or re-initialize this profile,

e Tap Menu, select Services, and then the required profile
e Tap Menu once again and select Re-initialize profile.

or

e Tap Menu, select Options, and go to the Profiles tab
o Select the required profile and tap the Initialize button.
The Service message will appear

o Enter the required information and tap the OK button

e Select Save service information permanently if you do not want to

enter this information every time you select this profile.

Calls through an H.323 Gatekeeper

When you place a call to a regular phone through a gatekeeper, you may need to add a "prefix" (a special digit) to
the phone number. Such prefixes are used to route calls to phones through required gateways. Ask the

gatekeeper administrator for details.

To create a new profile for calls through an

H.323 gatekeeper,

e Tap the Options button on the SJphone™
Main panel and go to the Profiles tab

e Tap the New button

A Create New Profile window will appear

Calls through H.323 Gatekeeper in
Profile, specify a name for the profile, and tap

e Select

the OK button.

o Specify the required profile options and tap the

OK button.

Initialization

l.{?f’j" SIphone

l.ic».f'j" SIphone

& 441043 D

H323 Gateway

service profile

Please enker this information to initialize the

Caller ID:  |5551234

Cancel

Save service information permanently

[

o g 112 O

Prafile name: |Test H.323 GK |

File name: |Test H.323 GK.ini |

Profile bype: |H V323 Gatekeeper - |

Irnporkant note

Calls through H.323 GK: Profile for a call
through an H.323 gatekeeper,
Gatekeeper information is permanently
stored in the profile, Caller information
can be easily changed by re-initializing.

Cancel

E|‘

User data:

Gk Account:

3K Phone:

5k Password:

Gatekeeper Account
Gatekeeper Phone

Inquired Sawed Required

Gatekeeper Password
Caller ID

A user account on the gatekeepe

You may register with a gatekeeper using only a phone number.
If someone calls this number, the gatekeeper will direct the call
to you. Contact the gatekeeper administrator for details.

A user password on the gatekeeper

This number may be used by the gatekeeper for call
identification and billing. Contact your gatekeeper administrator

K & & E
K & & E

Caller 10

[ & & K

Initialization | H.323 Gatekeeper | H.245 | 1k

Menu |

(8

or VolIP service provider for details
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H.323 Gatekeeper

£F|s1phone pra ERTEc okl  Gatekeeper settings

Gatekesper settings ——————————— Gatekeeper address The Gatekeeper IP address.

Gatekeeper address: Gatekeeper registration parameters

Reregister every...seconds Some gatekeepers require their users to re-register after a
certain time interval. Time interval between re-registration
with a gatekeeper. If you want to disable this feature, clear

[tz 0 2 2

Gatekeeper reqistration parareters

_ this option.
Be'sf':;irez’s':gtim s On re-registration failure This option_ specifies what SJphor?eT"’I will d'o if it fails to re-
_ - register with a gatekeeper. Available options are Keep
[keep trving d trying to re-register, or Continue unregistered. In the
Description: SJphone will keep trving to latter case, it will stop attempts to re-register, alert the user,
re-register if the re-registration and disable gatekeeper usage.

procedure fails after the specifed
timeaut,

Initialization | H.323 Gatekesper | H.245 [ 4] ¥]

Menu | E|‘

List of known gatekeepers

Your system administrator or VolP service provider may give you a file with a list of known gatekeepers. Such
files can be used for SJphone™ versions for all OS

Tap the Select... button to activate the Known Gatekeepers panel.

£3|sIphone FRa PR TTMOK]  Address s Shows the gatekeeper address
Ad... | Sta... | W] Identi... | Com... | Status Shows the gatekeeper status. The status may be: Indeterminate,
192.... Un... First ... In progress, Available, Rejected, Not responding
Do Uik H.323 Shows the version of the H.323 protocol that the gatekeeper supports
192 e Identifier Shows the gatekeeper identifier
Comment Shows gatekeeper comments.
I Mew, .. I |R_ernove | |Se|_ect... | |Eroperties |
| Import... | | Export... | | Close |
(8
Buttons
New Tap this button to add a new gatekeeper to the list
Remove Tap this button to remove the selected gatekeeper
Properties Tap this button to see the properties of the selected gatekeeper
Select Tap this button to select all gatekeepers with the same status
Close Tap this button to close the list of known gatekeepers
Import Tap this button to import a file with a list of gatekeepers. The default file extension is *.gkl.
Export Tap this button to export the list of gatekeepers into a file. The default file extension is *.gkl.

You may add gatekeepers to the list. Tap the New button and an Add Gatekeeper window will appear. Enter the
required information about the gatekeeper and tap the OK button.

You may see the properties of each gatekeeper. Tap the Properties button and the Gatekeeper Properties
window will appear.
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¥ |s3phone & 4¢ 1242 (D

f£i3|s3phone o 421240 (D

pddress: 192 0 1 L Infarmation

hddress: 192.0.1.1 : 1719

| Use Default Gatekeeper Port |

D

Comment: |PFD><Y K |

-

4 3
Refresh status when [ ]

LU Comment:

|First used on February 28, 2003 at 4:30:44 |

Cancel
Cancel

- =]

H.245

#£3f|s3phone & g 1024 (D Channel usage = These parameters are described in ITU H.323 and H.245
protocol specifications. Do not change them unless
instructed by your system administrator.

Channel usage

Enable Fast-Start

Enable H. 245 tunneling
Enable Early H.245

H.245 | Media Channels | STUN | [4] ]
Menu | E|A

Media Channels
Audio channels These parameters are described in ITU H.323 and H.245

#iF|sIphone & g 1029 protocol specifications. Do not change them unless
aAudia channels instructed by your system administrator.
Use rem?er codec prelierences DTME sendi ng
e gl streams after rameke SJphone supports 4 methods:
Orly vihen Slave 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

e U fax machine, answering machine, etc
] Enforce augio open in F 2. Q.931 keypad: DTMF signals are sent through the Q.931
KeypadFacility Information Element of Q.931 messages.
[w] Hangup if Failed to open 3. H.245 alphanumeric: DTMF signals are sent as one of the out-of-
incorming audio channel in = band method in H.245 protocol messages.
4. H.245 signal: DTMF signals are sent as one of the out-of-band

Hangup if Failed ko open autgaing audio

DTMF sending

Send DTME as: _ method in H.245 protocol messages. _
For a direct call, the remote user does not hear DTMF signals when the Q.931
h1.245 | Media Channelsm keypad, H.245 alphanumeric, or H.245 signal methods are used. For a call

through an H.323 gatekeeper, this depends on the gatekeeper. Some convert
DTMF signals into sound, some do not. The remote user will hear DTMF
signals when the In-band method is used.

Menu | E|‘
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STUN
Tiat o Use discovered addresses  If this option is selected, SJphone™ will use
i) + 2 10 ; Y i
£ |srohone & 4e 103 @ in H.323 addresses discovered by the STUN procedure in
Use discovered addresses in SIP H.323 packets. Recommended status: Cleared.
[] Use discovered addresses in H, 323
Server Addvess: [oxample .com | : [3478 | Server Address The gddress and port for the STUN server. May
be either a DNS name or IP address. Unless
Advanced Options instructed otherwise, do not change this option.
Refresh timeout:
Q_onclusfve respanse D Advanced Options Use this option if the STUN discovery procedure
bmeout: works unstably or does not work at all. Always
Retransmissions number: consult your ITSP support or/and network
administrator when in doubt. Do not change them
unless you know what you are doing.
Refresh timeout A time interval in milliseconds after which a
Initialization|H323 P~ |H245|M 7S status of each network interface is determined.
: Ak Should be at least 100 msec.
Menu | E|‘

Conclusive response timeout A time interval in milliseconds during which the STUN client waits for re-
transmitted answers after the first answer to the STUN query has been
received. Should be at least 100 msec. RFC3489 recommends 10000. The
special value 0 means that the STUN client will not wait for the re-sent
answers.

Retransmission number The maximum number of re-transmitted first STUN queries when the network
interface status is being determined. Should be less than, or equal to, 13.

Initialization:
To initialize or re-initialize this profile,

e Tap Menu, select Services, and then the required profile #£3|s3phone &g 1an

e Tap Menu once again and select Re-initialize profile. Please enter this information to

or initialize the service profile

e Tap Menu, select Options, and go to the Profiles tab A— [seraccount |

o Select the required profile and tap the Initialize button.

The Service message will appear Phane [ss51234 |

¢ Enter the required information and tap the OK button Password; [P |

e Select Save service information permanently if you do not want to

enter this information every time you select this profile. coler10; 3551234 |

5.3. Advanced Audio and Codecs Settings

(available in the Advanced Mode interface only and may be unavailable for some service profiles)
To change the advanced compression settings, tap the Codecs button 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 both systems, bandwidth
limitations, desired sound quality, etc. You may adjust SJphone™ codec preferences on the Advanced
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.
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&Mt D

L&?f" sIphone

Codec preferences

Codec name Stakus

W o
. soft
Softjoys G5M 6,10 CODEC soft

Up | | Dawn | |L|§e Default | |Eroperties... |

5] Labs extentions
Lost data recovery

Methad: |SJ Labs data recovery enc v|

E|‘

& 4¢11:55 (D

L.ﬁ?."j" S1phone

Mame:  [Microsoft CCITT G.711 A-Law CO |

Bitrate  [a4n0n hitfs |

Enable codec

Cancel

(8

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, WavelLan, or Radio Ethernet.

Codec preferences
Codec name
Status

Buttons
Up:

Down:
Use Default
Properties:

SJ Labs Extensions

Lost data recovery

Method

Shows codec name
Shows codec status. May be either:

e Soft: the codec is implemented as a
software driver
e Hard: the codec is implemented as a
hardware device
¢ Disabled: the codec is disabled.
A codec may be enabled or disabled on the
Audio Codec Properties window.

Tap this button to move the selected codec
up

Tap this button to move the selected codec
down

Tap this button to use a default codec
preference

Tap this button to activate the Audio Codec
Properties window

Check this box to enable the advanced
data recovery system

Select the method of the advance data
recovery from the list of available methods

If you select a codec and tap the Properties button, or
double-tap 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.
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Advanced Audio Settings

& 4000 D

Criver buffer size, msec:
Criver input queue length: l:l
Diriver output queue length:
RTP jitter queue length:

|:| Disable local DTMF playback
Do Mok Send Silence

Use Default

-

E=

Recommended advanced audio settings

Input queue length
Output queue length
RTP jitter queue length
Driver buffer size

5.4. H.323 Address Syntax

These settings allow you to change sizes of various internal
SJphone™ sound buffers and queues if you experience
problems with sound.

Do not change them unless you completely understand what you
are doing, or you may severely degrade the SJphone™
performance.

If SJphone™ plays back DTMF signals too loudly, you may
disable local DTMF playback by selecting the Disable local
DTMF playback option.

Do not Send Silence: If this option is selected, SJphone™ does

not send IP packets when you are silent, or you mute SJphone™.
That reduces network load.

Minimum Recommended
4 6
2 4
4 4
20 20

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

h323:<AddressType>:<Addressl
where <AddressType> =
<Addressl> =

<Address type> =
<Addressl1>
<Address2>

<Address type> =
<Addressl1>
<Address2>
<AddressType>
a)<Addressl1>
<Address2>
b)<Addressl>

>[ :<Address2>]
1p
<ip address> | <dns name>
gw
<GW ip address> | <GW dns name>
<phone number to dial>
gwhunt
<phone number to dial>
<File with GW profile>
gk
= ip
<ip address> | <dns name>
h323id

el6é4

<Address2> = <registered user alias with GK>

c)<Addressl1>

<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 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:h

323gateway.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
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e An external phone number 9-1357975 through the H.323 Gatekeeper
Type in the Call To: field: H323:GK:E164:91357975

5.5. 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

5.6. 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

6.1. Sound System Issues

Sound quality can vary significantly depending on a sound system and microphone in your device, and Internet
connection. It is a good idea to use earphones to avoid sound feedback.

You can adjust the SJphone™ sound characteristics using standard PocketPC audio controls.

You can use the automatic microphone gain feature in your sound system to automatically adjust the input sound
level. Consult your device documentation for details.

If you experience a bad sound quality, turn off the Automatic Gain Control feature on the PocketPC sound control
panel. Go to Settings, then to System, then to Audio/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 system supports DirectSound, select the Enable Direct Sound for improved audio
performance box on the Audio tab. This will decrease sound latency time.

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 tapping 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.

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.

Output audio channel (a microphone) latency is proportional to the Driver buffer size.

Input audio channel (speakers) latency is proportional to the Driver buffer size*(Driver output queue length + RTP
jitter queue length). The Driver input queue length does not affect this latency.

To minimize the latency,
1. Onthe Advanced Settings set the parameters to their default values.
2. Select any direct profile

3. Decrease the Driver buffer size, Output queue length, and Input queue length until sound distortions
appear during a call to localhost. If sound distortions appear for the default values, increase them until
distortions disappear.

4. Increase the Input queue length by two times.
5. Select a profile that you plan to use. Make test calls (over a network) and select an optimal value for the
RTP jitter queue length.

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.
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6.2. 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.

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

6.3. 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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