COMTUBE

communication service
SJphone 1.65 setup HowTo

You may download SjPhone from: http://www.sjphone.org/sjp.html

Creating profile
First of all you should create a profile for comtube.com.

1. Launch SJphone
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2. Open menu «Menu - Options...». Select «Profiles» tab. Here you can
create and manage SIP profiles. To create a new profile press «New».


http://www.sjphone.org/sjp.html
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| Skinz || |nterface || Meighborhood Support Jal:ul:uer|

| [Jzer Information || Call Optionz | Prafiles |.-'1'-.uu:|i|:| || Hat Ke_l,ls|

E® Create New Profile

Profile name: | comkube, com | [ oK ]
File name: | comtube, com.ini | [ Zancel I
Profile bype: |Ca||s through SIP Prosy w | [ Help I

Important noke

Zalls through SIP Proxy: Profile For a call through a SIP prosey,
SIP proxy information is permanently stored in the profile.
Zaller information can be easily changed by re-initializing.

Fill the following fields:

«Profile name» (for example, comtube.com).

«Profile type» - anything (it's a remark; for example, «Calls through SIP
Proxy»).

3. To continue setup, press «OK». Go to «SIP Proxy» tab and fill it like this:

B2 Profile Options E'
| SIP Reaqistration || Advanced || DTHF STUN
| Profile Optionz || | ritialization | SIP Prosy
Domain/Fealm: | zip. comtube.com |
[ Use Outbound Prosy
Prawy (R} | |

Prosy usage mode;

[1Use separate Outbound Prosy for MAT

NAT Prosy [URI): | |

MAT Prosy mode:

[ OF. ] [ Cancel
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Also fill the following tabs. communication service
B2 Profile Options [‘5__<|
Profile O ptions | mitialization SIP Prowy

SIP Regisiation | Advanced DTHF STUN

Regizter with Registrar

[ Matify gerver of suggested expiration time

Suggested expiration: ZEC

Tranzpart af regiztered contact: | Default W |

Unregister only registered contact
[1Use separate Registrar

Reaistrar [URI]: |

Reqgistrar mode:

[ k. H Cancel ]

E? Profile Options f'5__<|

Profile Options Initialization SIP Prowy
SIP Registration | Advanced | DTMF | STUN

Accept redirection replies IJze "rport” extenszion
Expoze software version [1Usze short headers

[ Use obeolete transfer mechanizm [BYE Aalso]

[ [Jze "standard" status messages [otherwize messages will
be taken from SIF packets]

Yoice mail number or address:

Remove fancy characters from phone numbers

Enable service codes Remove service codes

[]Fix incoming Contact header
[ Restict identity for incoming calls

[]Use Address-0i-Record as Contact LR

QE. l [ Cancel
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| Profile Options || Imitialization SIP Prowy |
| SIPFegistration | Advanced | DTMWF STUN

OTHF zending

Send DTMF as:

Signal duration [mz]: 270

RFC 2833

RTP payload type: 1m

Signal valurme [-dBrm0]:

In-band

Pausze duration [mz]: 100

[ 0Ok l [ Cancel ]

E® Profile Options E]

| Profile Options || Imitialization || SIP Prosy

| 5IPRegistration | Advanced | DTMF | STUN

|lze digcovered addiezzes in 5IF

Server fddress; | comtube. com || 34?8|

Advanced Optionz
Refresh timeout; 1200000

Concluzive rezponge bmeout;

I

Retransmizzions number;

[ OF. ] [ Cancel

NOTE!

We recommend to use STUN server only in case of problems with incoming
or outgoing calls.
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4. After specifying parameters press «OK». The communication service
program will ask for login and password. Enter your 6-digit SIP number (for
example, 123456) and password (password at comtube).

ES Service: comtube.ru :|

Flzase enter this infFormation ko initialize the service profile

X]

Accounk: | 201050 |
Password: | YT |

Help

Sawve service information permanently

Press «OK» and program will attempt to register on our server. If registration
is successful, you'll see something like this:

comtube. iy
SIP: reqistered as
zip: 201 050022zip, comtube. i
Host address: 1921681016
MNAT Firewall: HAT of Unknown Type

-
T

Menu b Offline »
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Possible problems
If you see this message
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comtube.ru
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1. You provided wrong login and/or password.
2. You specified wrong server name/address («SIP Proxy» parameter).
3. Your firewall or provider blocks our server.

Codec setup
To setup codecs select «<Menu - Options...» menu and go to «Audio» tab.

Sking |rterface Meighborhood Suppaort Jabber
IJzer Information | Call Options F'ru:ufiles| Audio | Hot Keys

Sound adjustments
Automatically adjust microphone volume

Automatically adjust silence detection level
Enable DirectSound for improved audio performance

Direct verzion installed: 9.0c or newer

Sound devices

Playback: | <zystem defaulty (Fealtek HD Audio |
Recording: | <epztem default: [Realtek HD Audio » |
Ringing: | <zypstem default: [Realtek HD Audia |
| Compression Settings... | [ Advanced Settings... ]
[ Ok, ] [ Cancel ]

Press «Compression Settings...». A corresponding window will appear,
where you can set codec priority and turn unneeded codecs off. For example,
for low speed internet connection, turn «G.711 A-Law» and «G.711 u-Law»

off.
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ES Compression Settings [X|
Codec preferences ok
Codec name Skatus
5] Labs iLBC CODEC - 30ms disabled
5] Labs G5M 6,10 CODEC disabled
5] Labs iLBC CODEC - 20ms disabled

Microsoft CCITT G.711 A-Law CODEC  disabled
Microsaft CCITT G.711 u-Law CODEC saft

[ Up ] [Du:uwn] [ se Default Properties. .,

5] Labs extensions
[]Last data recowvery

Method:

Note, that our platform does not support «GSM» codec.
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Outgoing calls
To make an outgoing call dial a number in international (E.164) format:

«country code» «city/operator code» «phone number»

Example: 74959610008

NOTE!

Do not use local prefixes for long distance and international calls, like 8 and
810 in Russia - only international format is allowed. Also, do not specify
leading “+"” sign.

Your account’s balance MUST BE POSIVIVE for outgoing calls!

Incoming calls
To connect to comtube’s SIP number from PSTN, dial access number:

+7 (495) 956-88-50
When you hear the answer, dial 6-digit SIP number. For example, 104705.
If someone calls you when you are offline, voicemail will answer the call and

attempt to record a message (or receive fax). You can see new messages on
«Voicemail - Incoming» page.

NOTE!

Your account’s balance MUST BE POSIVIVE for incoming calls!

Internal calls

To make a call to other comtube user, dial 6-digit number, for example
104706.

Comtube project

Tel/Fax: +7 (495) 961-00-08
E-mail: support@comtube.com
www: www.comtube.com
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