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1. Logging on as Administrator:

Browse to: https.//pbxX.gpitfiretsp.net/ Where X = PBX number where domain is configured

P! Fleazss anter your logn infocrmation. Far mare
oy infoomation about the (ogin procedure, please
"'y waw the online decumentation.

PBX Login

Axraumt: I
Passward:

Login Types: Automatic
Lamguaps Ergish

(Cegn]

Enter the admin user account: 0000@subdomain.spitfiretsp.net
Enter the admin password: Supplied by Spitfire

2. Changing the Administrator password:

SPITTTRE

Select Accounts from the menu bar:
Click Edit next to the Admin account.
Change the Web Password.

Click Save.

3. Domain Settings:

Used to set default settings and timers for the domain.
SPITFIRE

[l T Accounts Trunks  (ial=
T Fenture-Codes Address-Hook Suttons

Domain Settings for Domain Dale's (dale.spitfiretsp.net)

Voicemail Timeout: Number of seconds that a call will ring at an extension before going to voicemail.
Users can over-ride this setting.

Voicemail Size: Number of messages that can be stored.

Mailbox Escape Account: Where calls should be directed if caller dials “0” while listening to mailbox
greeting. Users can over-ride this setting

Mailbox Direct Dial Prefix: Dial this digit in front of the extension number to call/transfer a call directly
to the mailbox.

Mailbox Explanation Prompt: Turns system greeting on or off.

Call Forward On No Answer Timeout: Default time calls rings at extension before being diverted if call-
forward no-answer is set. Users can over-ride this setting.

Park Reminder: Will ring extension if parked call is forgotten.
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https://pbxX.spitfiretsp.net/
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4. Creating Dial Plans

Select Dial-Plans from the menu bar:
Type in the name for the Dial Plan and click Create as shown below.

SEIT

ok

Current Dial Plans

Thig st shows tha ourmently avalalds dalplang onthis system,
Plaaie ba caraful didars tha dakits butbon, becauss the diad olan will e delstad pamananthy.

Na e Edit Delete
A Callg & b

New Dial Plan:
Hame: Bl Intemat el

[ Coeatie

Click Edit for the Dial Plan just created.

Edit Dial Plan Barr International

ik Usapa: Use simpls patterns for matching the npat (far axampla, "9°° or “9117), and st lesve the replacemant ampty. Plssas tas the onlne
halp far mare mformation onhow to use tha advarced festures of tha dal plan

Pref Trunk Pattern Replacement
100 Unicgigeed &

Saxm

Overwrite default entries with preferred dialling patterns and click “ Save”

Edit Dial Plan Barr International

Cuilck Lisage; Use simple patterrs for matchang the inouk (for exampole, “5°7 or "211°), and just kzaee the replacemeant emoty, Please se2 the anbne
hezbp for moee information on how o uge the advanoed features of the dal plan

Pref Truik Pattern Replacemnent
100 Unaszigned %

& ] Mot ABowed [

10 dale -

Note: In thisexample all international calls are barred.

Pref: The order in which applied rules are checked. Rules with lower Pref are checked 1%,
Trunk: Select you domain trunk or other routing options from the drop down list.

Pattern: Dialling pattern checked by system. (* indicates all numbers)

Replacement: Replacement dial string.
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5. Creating Extensions:

Select Accounts from the menu bar.
Select Create.

e
vin 2T

Create New Accounts

arcounts e rumibers that vou can cal on the PR Pleasa seledt the account typs thal wou would ke o create

Tip: You may entar more than ome name. [ youuse 3 space betwaen the names, the PBE will sel up sevaral acoounts for o [ vau use a slash
berwesn the names, vou wil s=rup one account with diffesert alias names. For esample, "1 23theo 1240 red” will secup two aCcounts, the frst wich
the names 123 and theo and the second with the names 124 and fred

Acpaunt Typs: Exflgnzion w
Dial Plan: Coman Defmlt %
Flug and Blay: Manus -
LT Firsl Maine Last Name SIP Pass, wWeb Pags. PIN Eimiail
i ?M@Eﬂ?i!fnﬁb! Alsan Tk Ytel8To a2 081 lli=on kot

Select Extension under Account Type.
Select a Dial Plan to be used by the extension/s.
Enter in the details for up to 10 extensions simultaneously.
Click Create.
Number: Enter the extension number and DDI (If assigned) separated by a“/” Note: when creating an
extension separating the extension and DDI numberswith a“/” will create 1 account with two
aliases using a space will create two separate accounts. The* /” should only be used when creating
extensions, if adding a DDI to an extension when editing it, then use a space. Do not add the leading
zero of the DDI. After creating return to “ List” and ensure that you see the two entries for the
extension created: 2003 Extension(Alison Clark)

2075087862 <2003> Extension(Alison Clark)
Name: Thisis the name displayed when you call another user on the domain. The name displayed on
the handset in “idle” state is configured on the handset.
SIP Pass: Used by handset to register.
Web Pass: Used to access user web interface.
Pin: Used to access voicemail remotely.
Email: For voicemail to email and other notifications.
To edit an extension select Lists under Accounts.
Select Edit.

| Getthis L0 Travks (el Plaiv St
m Crapis

EICE] i i

Account Type (Name) Status Edit Delete
aco Extansion {admin anly) [2
1011 Eafarsion {main madbox] 7 rags B3
e Pagng (Pags AR)

2001 Entansion {lack Frost) 1 R2gs
2002 Extaraian (Evid Powall) 1 Rags
2003 Extarmon {desnrnatte Andersan) 1 Fags
2004 Estarsion {virtual dna)

2005 207 14 19%5 Extarmsion dalisan Clarkeh

INTCAENN & =3 Aaite APranARAR (B8R BAT

i i i i) ] g ) )
B
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Et!-lﬁng Extension 2005 207141996

Apcount Humb &) 05 20T
Dol Plan: Bt riwinadiad o
AHl

S dutle O epr. :

Shaw ‘clowirm ACC ouees;

HIEE g 2. bonn

| ast nume (=g SRthlE

SIN Fasseod

SIF Famarecrd (rapam

‘et Pagyaand CELEIETETE]
ks Patcrrruid v wak]: brakREaidn

Pik M, 1234% LEELIE)

Pk (rapsat;: FARERE
Timezars; Lietaal e fone
Wl Ll gl L_\ﬂ'ul Bruinn YR Lowpsngn =
Wk Larwgusage Cofaall Seticns Aob Laapuogn &=
Ul sictira:

‘AEMeID ON& (4.7 H1a)

btk the el w b the il ng meseasns (7 e sl

i tha presenca of tha Tllosing adencking (7 Tor 201

Wt Following moooinks on FaC

Expliily wpmilr ok e sl s

Ezplictls spctr cedoup prevarance:

P ammission to ironi B acoourt

IO QUERIND Cal -l

ANI: Outgoing CLI

Upload Picture: Picture displayed on users homepage.

Explicitly specify park orbit: Can specify park location (must be an extension)
Block outgoing caller-ID: Withholds extension CLI if set to “Yes'.

ib'--":ﬂ Koocouats

Ligt Craate Caparnl Redirection Majlhey Erandl [0 1] marmissian

Redirection, Mailbox and Email are covered in detail in the Spitfire Web User Guide.

Registration: Displays status of handset registration.

Permission: Allows the extension to be set as an Administrator and over-ride DND set on another
extension.
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6. Configuring Handsets

Note: If the handsets are supplied by Spitfire then they will automatically upgrade to the latest firmware version
and download a Spitfire Default Configuration when connected to a network offering DHCP and with internet
access. The only configuration required to get a handset working is the Identity settings and Handset buttons.

Remote access to handsets:

The routers used for SIP Communicator are configured by default to use the DHCP on the 10.0.0.0 to network.
There isalso port forwarding set up as follows:
Port Destination IP
8001 10.0.0.1
8002 10.0.0.2
10.0.0.3

Accessing a handset remotely

- Ask the user to pressthe “?’ button on the handset to see the | P address.

- Enter the router address and port number for the handset |P address into a browser.
Example: http://86.223.17.25:8001/
- You will then be directed to the login page of the handset on I P address 10.0.0.1.

Configurea SIP Account on a SNOM handset:

Once handset has booted, pressthe “?’ button to view the | P address.
Typethe IP address into abrowser and enter the user name and password to log onto the handset interface.
(User name and password set by Administrator)
Select “ldentity 1" and configure the SIP Registration details.
Display Name: Name Displayed on handset display. (recommend only 1% name for 320 and 300)
Account: Extension number as configured on the SIP Communicator.
Password: SIP Password as set on the SIP Communicator.
Registrar: Company Domain Name.
Outbound Proxy: pbx2.spitfiretsp.net.
Authentication Username: Same as Account
Display text for idle screen: Overwrites Display Name.
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http://86.223.17.25:8001/

Operation
Haorme
Directory
Setup
Freferences
Speed Dial
Function Keys
Identity 1
Identity 2
Identity 3
Identity 4
Identity 5
Identity &
Identity 7
Identity &
Identity 9
Identity 10
Identity 11
Identity 12
Action URL Settings
advanced
Trusted Certificates
Software Update
Status
System Information

Login 1P NAT RTFP

Login Information:
Identity active:

Displayname:

Account:

Password:

Registrar:

Qutbound Proxy:

Failover Identity:
Authentication Username:
Mailbox:

Ringtone:

Custorn Melody URL:
Display text for idle screen:
=ML Idle Screen URL:

Ring After Delay {sec):
Record Missed Calls:
Record Dialed Calls:
Record Received Calls:

Save Re-Register Play Ringer

Remove Identity Remove All Identities

®an Oaff @
Ted

2001

eresenes
spitfire.spitfiretsp.net
pbx5.spitfiretsp.net

z2001: Ted

®on Qoff @
®on Ooff @
®on Oott @

Click “Save’; the handset should resister and be operational.
Click “System Information” and ensure that the account has registered.

Programming Buttons on a Snom:

SIP Identity

Status:
Identity
1 Status:
Identity

Select Function Keys

Service Flags:

Record Shared Mailbox Greeting:

Record AA Gresting:

Pick Up:
Extension
Call Park
Park Retrieve

Z001@spitfire spitfiretsp.net: Ok

Event = Extension:
Event = Extension:
Event = Speed Dial
Event = Speed Dial
Event = Speed Dial
Event = Speed Dial
Event = Speed Dial

Configurea SIP Account on a Yealink handset:

Once handset has booted, press the “OK” button to view the | P address.

Typethe IP address into abrowser and enter the user name and password to log onto the handset interface.
(User name and password set by Administrator)
Select “ Account”

B EE N

e O

Dial = Service Flag Extension Number
Dial = Mailbox Extension Number
Dial = *98 + AA Extension Number
Dial =*87
Dial = Extension Number
Dial =*85
Dial =*86
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Basic >

Register Status
ACcount Active
Label
Display Marne
Register Mame
User Mame
Pazsweord
SIP Server
Enable Outbound Prosxy Server
Outbound Proxy Server
Transport
Backup Outbound Proxy Server
MAT Traversal
STUN Server
Woice Mail
Prozy Require
Anonyrmous Call
On Code
Off Cade
Anonymous Call Rejection
On Code
Off Cade
Missed call log
AL Answer

Ring Type

Registerad

@®
o]
=t
o
+

Port 500 | @

Port [sos0 |

)
pal

=1 ml =]

EEERENEEE
o O O
m e = =
| |@ | |m

e

= =

ul =

o I

= [

= Il

o 3

o

£ 4D

Port 5060 |

=
It
o
=
i
o
£

o

[217.10.79.21

Port (10000 |

001

I

| @

]
=
<

|

]
=
<

m
>
(i}
=
T
o

3| =
Z||D
Sla
LANEA NES

Account Active: Select “On”

Label: Display name on handset (For aT28 set this to the extension number)
Display Name: Name displayed when you call another user. (This is overwritten by the PBX)
Register Name: Extension Number

User Name: Extension Number

Password: SIP password as set on the PBX.

SIP Server: Domain where account is configured.

Enable Outbound Proxy Server: Enable

Outbound Proxy: PBX where domain is configured.

Voicemail: Extension Number

Click “Confirm”

Ensure that the “ Register Status’ is “Registered”

Programming Buttonson a Yealink:

Select “Phone’
Select “DSS Key”

Note: Memory Keys are the 10 buttons down the side of the phone on a T28 and T26 which are configurable.
The Line keys are the buttons next to the display and it is recommended that these are not changed from the
default set by the configuration file installed at boot up.
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Memory Key >> @

DSSkey 1 |ELF ~| | Conference || Line 1 v |1

DSS key 2 |ELF v || Conference +||Lime 1 ~|z ||

DSS key 5 |ELF v || Conference +||Lime 1 ~ | [z00 |

DSS key 4 |ELF v || Conference +||Lime 1 v | [z002 | #7200z

DSS key 5 | Mj& ~| | Conference |[Line 1 || ||

DSS Key 6 |Kevaent hd | | Farward b | | Line 1 || ||

DSS key 7 |Speed Dial v || Conference || Line 1 ||

DSS kKey B | MjA ~| | Conference |[Line 1 ||

DSS key O |Speed Dial v || Conference || Line 1 ||

D55 Key 10 [Speed Dial v || Conference || Line 1 ||

Line Key =

Extension Pickup Number
Service Flags: Ext No of SF
Record Shared Mailbox Greeting: Mailbox Ext No
Record AA Greeting: ' *98 + AA Extension Number
Pick Up: ' *87
Extension i Extension Number *87+Extension No
Call Park ' *85
Park Retrieve ' *86

7. Configuring Service Flags:

T s |
o] creaie |

Create New Accounts

Aoccants are rumbers that vou can cal an tha PEX. Plaass sakact tha acoount typa that wau would Bke to create.

Tip: You mar artar mare than ans name. If you uss & spaca batwaen the names, the PEX will set up sewaral accounts for pow. If yau use a slash
batwean tha namas, you wil sat up ans account with diferant alias names. For axampla, “123thae 124frad” wil setup two acoounts, the first with
tha namas 123 and thao and tha second with tha names 123 and fred.

Account Type: Serace Flag -

Heraunt Names (e.g. "125%F Faumrstein™: [S000

Select Create under Accounts.

Select Service Flag from the drop-down menu.
Enter an extension number.

Click Create.

Select List under Accounts.

Select Edit next to the service flag.

SIP_COM__adminV5_16-07-10




SPITFIRE

| Suttings LYY Trudks (al-Pam Sta
Liat Craata (B0

Edit Service Flag Timel

Flaars scacky the sardce tmas n the formst HH:MMC FEMH, sou may use tha ssmbal 7 far PH or usa tha 24-sour Formas. Yau nay specify s
rarrbar of Pbaraks for eaach darg For @xampks, "9000-12: 30 1000.5:0007).
Hahwdays are wrtten 0 the fomat MonthyDay, vou may abaa use zny nurber of wolkays (o esamphe, "12724 10721 127207)

Identity:
dAccount Hunber{s; o110

Description:

Mada: Klanial =
Curment Stabe: (lrar &
Dsplary Hania: Dy S

Exbarmiane bt mary oo g cksbue: | F0HH 2102 2005

Fanmazsone to monkn® thes axount;

Mode: Manual or Day/Night. (see notes below)
Current State: Activate/Deactivate.
Extensions that may change status: User with permission to activate/deactivate flag.

Day/Night Mode: System automatically changes status of flag at predefined times of the day.

Edit Service Flag 9000

Plaass spacly the senace timas 0 the format HH:ME-HH MM, pou may ies e svmbal "B Tar P or wes e 24-hour Tammat. You may spacly an
niumbsr of intsrvaks tor asdh day (for scamgle, "2000-12: 30 1:00P-5:0007).

Halidays ars wiittan in tha fFermat MerEhDay, vou May alie ues oy nuambar of Rolidays or axamedy, "L204 13025 183671

Tdantity:

Aok Mumbearis): i

Description:

Mo Dy Might =
[Casplay kame: right Kada
Fermizsions bo monitor this account:

Heorday: 3:00-E.0OF
Tus s 4:00-6.00F
wadnagday: EROE RIS
Thursday; 3:00-E:DIF
Friday: 3 [(-E' (P
Satunday:

Surday:

Hakdays: 1226 1224 i

[E==]

Enter in the times for each day, when the flag is “clear” i.e. not set.
Enter in any holidays where the night service setting should be used.

In this example any Hunt Group or AA with this flag assigned would route calls normally between the
hours of 9am and 6pm. All calls routed to the Group or AA out of these hours will be directed to the night
service destination set on the particular group or AA.
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8. Configuring Group Mailboxes:

Cresate an extension as described in section 3. (Call it Night Mailbox for example)
Select List under Accounts and then select Edit for the extension created.
Select Redirection and ensure that Do not disturb is set to “On” and click Save.

LTS ootz [

List Create Comoral (BTS00 Mailbax Email Regictration Parmiscion
Redirection for Extension 1001

Da At Satirs: Ergn 1 off

&gent Logged In Cran {73 off
Ineamirg aranymees calin: He epasial tatmant
Hisk Cuamkimgy at:

Call Farward all calls ba:

Call farward calls when busy b

Call Farward an e areear b
Call farwasd no angwar bimsaut:

Call farwand whan ot registared:

Add the account to “Identity 2" of all handsets that should be notified of messages.
Configure mailbox settings as described in the Spitfire Web User Guide.

To record the greeting for the mailbox, dial the extension number, then press* and enter the PIN
number. Follow prompts to record greeting.

9. Configuring Auto Attendants:

Select Create under Accounts.

Select Auto Attendant from the drop-down menu.
Enter an extension number.

Click Create.

STTTFIRE

Accaisls

List [EEITRY

Cireate New Accounts

Acgounts ars rumers that vou can cal on the PRE, Pliasd #ald the steomnt b that row wowld hes b craats.

T o M srithr mors than are nama. I row vis @ space batwaan tha names, the PEX will s4% up 59l steounts for you. IF you vis o dagh
batwean tha namas, you will sabup ark account with diferant alias names. For axample, '1273/thao 124frad " will sak up two acreunts, tha first with
tha namas 123 and thao and the sscond with the names 124 and frad.

Acoaunt Type: Aulo Attendant '+

Account Mames [eg. *12 3 feumrsbein™): (2501

Cresle

Select List under Accounts.
Select Edit next to the Auto Attendant.
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PITFIRE
et TR

Lict Croate SR

Edit Attendant 2201 20750156738

2201 JOTSOASETA

M (4., Artandant 1) Salen

Bahawvior:

Extarion Inpue: Witan Extencion Fstchas w
Sav Hame: AE o (C3 v

Accoards thak cannot be caled;

Arcoarts that may record & mes=age: 2002 2005

Cial Plan For cuchound calls: A1 Cals

ELh 20TEI15ATA

Heap selected lomguaps 3
il oG languags =

PanmisEiods o manitar this acooine:

Timeout Handling:

Night Sarvice:
Sarvica Fag Account:

NigH: Serice Mumber:

Dial By Mame:
It tha: trggers nams ==arch;

Thail T i Al 1 Dyl bipul =

Direct Destinations:
Lisar [rpat: Dastmation;
2001

A

1 Ha plagbmck
£

L

Ha plarytack
Fi plarykeck
Ha playtack
b plergkack
Fid plarykck
Ho plagback
b plarghack

K platrkek

Ly < “ o € € € € L]

Fg plagtach

EQ

Account Number/s: Enter in any DDI number associated to the AA. (separated by space)

Name: Name of the AA.

Extension Input: Allows callersto dial an extension directly if they know the number.

Accounts that cannot be called: Prevents extension been called directly.

Accounts that may record a message”: Gives extensions permission to record the AA greeting.

Dial Plan for outbound calls: Dial plan to use if destination is an off switch number.

ANI: Outbound CLI.

Timeout handling: This field determine how a call is handled if the caller does not make a selection and
how long the system will wait for a caller to make a selection.

Night Service: Assigns a Service Flag to the AA and the destination where calls should be routed if the
flag is active.

Direct Destinations: Specifies inputs and destinations for the AA.
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10. Configuring Hunt Groups

Select Create under Accounts.

Select Hunt Group from the drop-down menu.
Enter an extension number.

Click Create.

SELTFIRE

Bl Accounts
e Create |

Creata Mew Accounts

Arcounts are numbers that you can call on the PES. Please select the account bpe that vou would Be= to create,

Tip: You may enter more than cne name, If vou u=e a space betwesn the names, the PEY will 20k up several accounts for vou, i voau u== a slash
betwaen bthe names, you el sek up one scoowt with diferent slise names, For scample, 133 hea 124 red™ will 3=t up bwa socoumtks, the hret with
EhE PasnAE 120 aed Ehas s e mapand itk e roames 124 aed fred

SCCoUNG Type: Hunt Gouwp x

Ancount Mamas (e.g. “123/ feuerstzin: (2100

Select List under Accounts.
Select Edit next to the Hunt Group.

SPITFIRE

[‘Seinge PEIREEY Trumhs Dint-pams Swatos ]
List Create S0

Edit Hunt Group 2100

Tdentity:
dccouint Humbser(s)

Mave (2,0, &oup 1)

Stages:
Stage 1 Exbanmons: Diueatian 0

Stags I Estarsione: Duration |

Stags 3 Edarmons: Duration |

Behavior:

Final Stage: .:."‘m

Ping Medady: Mo speclic rngrn:l-ndg.'_"f
From-Hander: [Growp nama =
Dial Plan for outhound calis: AR CHlg »

An TN

S=nd daly COR report to:

Fanmissians b monitar this account:

Night Service:
Sarvice Flap acoount
HNight Sarvice Numesr
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Account Number/s: Enter in any DDI number associated to the AA. (separated by space)

Name: Name of the AA.

Stages: Enter extensions that should ring at each stage (separated by space) and the time for the stage ring.
Final Stage: Enter destination if call is not answered by any extensions in the 3 stages.

From Header: Determines what is displayed on the handset when the hunt group is called.

ANI: Outbound CLI.

Dial Plan for outbound calls: Dial plan to use if destination is an off switch number.

Night Service: Assigns a Service Flag to the Hunt Group and the destination where calls should be routed
if the flag is active.

11. Configuring Conference Bridges

Select Create under Accounts.

Select Conference from the drop-down menu.
Enter an extension number.

Click Create.

STTTTIRE

Create New Accounts

AOCOLIDS e mumbers thal you (an (3] on the PEE, Plegse ssledl the aooount by D3l wuw wioukd Bke 1o e ate

Tip: Wou may srber mors han ans nam If wou uss a spaca babtwvean the namees. Hha FEX wil sat up secers scrounts for wou. If you
eefwesn the mames, wou will 220 up one account with diferent Jias nanes, For 2xample, "123heo 174Mred” wil SeL D [40 3000unts
tha namas 123 and thes and tha s@cand with tha names 124 and frad.

angnunt Teps Conknanis ~

acgount lames (2 T1ZRT feusestein ) | 1020

EIHI.E'J

Select List under Accounts.
Select Edit next to the Conference Bridge.

SPELFIRE
=TS Accoumts

List Craate [F0]
Edit Conference 1020

'll;lanlitl,l;
Bpoourt; Mom ber{a ) Y20 AAM3E0019

Authentication:

Conference Hame: el Bakas

Moo Ad-bog conleance.

[P Largasgs: Diatyet Symtun WE Lenguaps &
Befora antering tha confarerca: -iki play @ shoet o w
Moderator Acoess Coda:

Parbiopant sroess Code: ]

Permizaicrs to morstor thas account;
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Account Number/s: Enter in any DDI number associated to the Conference Bridge. (separated by space)
Name: Name of the Conference Bridge.

Mode: Select “Ad Hoc”.

Before entering the conference: Callers can be requested to record their names 1% which will then be
played to other callers already in the conference.
Participant Access Code: Password that callers should use to enter the Conference.

12. Configuring Calling Cards:

Select “ Accounts/Create/Calling Card”. Assign a number to the calling card and click “ Save’.

SPITFIRE
" arting: PR

st (£
Create New Accounts

Accounts sre manbers thet yvou cen call on the FEX. Fleare select the account type that vou would like to creste.
The: You may anter more than ore name. If vou use 8 space betwaen the nemes, the PBX will sat up several sccounts for wou. If vou use 2 siash

batvaan tha nidmdd, v ou will Bt U Ond BEEOURT With difarent M namdad. For ecamels, “123/hd 124/ Trad ™ will 24T UD tWa BECOURTE, tha irkt with
tha namas 1123 awd b Bnd thit B800ND with the nlmes 124 and Ired.

Acoouank Typee: Calling Card &

Aocounk Mames {e.g. “ 123 feuerstein”j: [ 100

Returnto “List” and click the edit button next to the newly created calling card to display the screen show
in figure 2. Fill in the details and click “ Save”

N
ﬁa iﬂi:ﬁ Accounts i1
List Create@

Edit Calling Card 100

Identity:

Account Numberi(s): H‘IUU

Behavior:

Dial Plan: all

AMI: |20760812345 |
Send daily CDR report to:

|joe.bolggs@company.co.uk |
O on @ off

& Show & Block

O Allow & Don't Allow

=
Read out balance when lower than {e.g. "1.007): | |

Callback:
Caller-ID:
Allow calling accounts on the PBX:

Entering telephone numbers:

Permissions to monitor this account: | |
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Account Number(s): Extension number for the calling card. A DDI can also be assigned to dial the
calling card directly from external devices.

Dial Plan: Assign adial plan for the calling card to use.
ANI: CLI sent when an external call is made from the calling card.

Send daily CDR report to: PBX will send an email on adaily basis listing all calls made using the calling
card.

Callback: Set to “On” if calling card will be used for call backs, set to “Off” if it will be used asa
standard calling card.

Allow calling accounts on PBX: Leave set to “Block”
Entering telephone numbers: Leave set to “User must press pound”

Permissions to monitor account: If left blank then all users can monitor the calling card use via a button
on the handset, can restrict monitoring to certain extensions by inserting extension numbers.
All other fields are not relevant and should be left as default.

13. Assigning Barge-In Permissions:

Select “Accounts’ and then edit the extension you want to assign barge in permissions to. Then click on
the permissions tab, as show in figure 1.

SPITFIRE

List Creata Camaral Rediroction Mailboy Emall Ragistration [T 0]

Edit Extension 3016 2070360016

&n this pape vou cen define what parmissions the extension has. The pemission b manage the domain should ba given onb to parsans who ara
sBawead to change passwords, maste ar delate arcounts, changa disl planes and rates, and =3 forth. Tha permissians ts jump nte calls 2nd listen ta
conversakions may De kgally rastnctsd N cetain countries: chiasa wed 9atia caution hera, This featura can b4 complabsly desablad by tha loenes kay
far the system. The permission oo overmide DD is useful for EssEtant extensions that are responsible for soreening cals, Flease define tha
DEMISSIONE 25 A el of Sxfensions, $Speraled Dy Spacs. Yo may use wikjcards, for example ™" oo matth all extensions of the domain

Administration Permissions:
Domain Adminstrator

Call Permissions:

Eargs it cnle ol the Following axtareiars: 7
Taaching (whisper moda) for tha follvwing axtensions: T
Listan i bo cals of the following axtensions T
Call the folawing estansions aven F DD 5 sat:

Intescom 0o the falowing extensins

Figure 1

Enter in the extension number/s (separated by a space) that this user may barge into. To barge into all
extension enter *

Click Save
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Installing the TAPI Driver:

The TAPI driver can be installed from the following link:
http://www.pbxnsip.com/download-software/software.php

Click on “Run” and install the Driver using the install wizard.
Reboot the PC. (Not prompted for areboot but isrequired)

Configuring the TAPI Driver:

Open Outlook and select Contacts:
Click on “Auto Dialer” as shown in figure 1.

I™® Contacts - Microsoft Outlook

i File  Edit Miew Go

Psduew - | 4 5 X

Tools  Actions  Help

| T 5_11 @ » | Epﬁnd ||]__ﬂ .T-E.f!:ue a contact ko find vl| '@J |

autabialer

E_G,} | 8 Back & | ng IE' ;¢| A L = ﬁ'{ @l | Address Cards ITJ

Folder List Contacts

all Folders

= 5 Mailbox - Dale Ellwood

Mumber to dial

Zonktack:

Mumber:

Al Folders
- @ Mailbo:g
= [ Avd | Call status: ©n

E | Stark Call |

] calernrarTT

Dale Ellwood
Business: 02075013018

Figure 1

rale Ellwood

| Dpen Conkack |

02075013018 7

| Dialing Properties. .. |

[ ] Create new Journal Entry when starting new cal

hiook.

Erid Call Dialing Options. .. |

I ORI I rd vdms-a s .
Figure 2

On the Dialing Options page, select “pbxnsip PBX” from the drop down list under the “ Connect using

line” as shown in Figure 3.
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http://www.pbxnsip.com/download-software/software.php

Y Diali ng Options

Sektings for speed dialing
Marme FPhone nurmber

MNumber

Sektings For phone number Formatking and dialing
[ ]automatically add country code ta local phone numbers

[Dialing Properties. .. ]

Connect using line

pbxnsip PB®X [ Line Properties...

TOSHIEA Software Modem
Eicon ISDM W, 120 Modem (G4
IPCOMNE LIMNE DK | | cancel
H3Z3 Line
snom Line 1
CTI Client TAPI-Conneckor Start Call

Figure 3

Click on “Line Properties’

PBX TAPI Configuration

Username {e.g. 123) ! 0z0]

Password {e.g. secret) i stk ok

Password (repeat) I stk

Domain (e.g. company.com) ! daletest. spitfiretsp. net

Address of the PEX {e.g. 192.168.1.2) ! phx4. spitfiretsp.net

Wersion 1.1 OF I Cancel

Connect using line

phxnsip PEX V| [ Line Properties. .. ]

oK ] [ Cancel ]

Warmit

Figure 4
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Fill in the SIP account details and Click “OK”
0 Username: Extension Number
0 Password: SIP Account password; can be obtained from the system administrator.
0 Domain: Company Domain where SIP account is configured.
0 Addressof the PBX: PBX where Company domain is configured.

Click OK and close the “New Call” screen.

Dialing from Outlook Contacts:

Select the contact in Outlook.
Click “Auto Dialer”
Click “Start Call” as shown in figure 5.

EG | @ Back &3 | (A H (3] <) | R 45 Gt 4] | Address Cards

older List Contacts
&ll Folders
Dale Ellwood Doctor Em

3 %G Mailsiny:- Bl Ellviogd Business: 02075013018 Busingss:
. ey Mabile: 07747463013
[ ACM
2 # New Call
ﬁ Calendar (4}
|55 Contacts
# [ Cusktomers Contack: |
# (5 Deleted Items (59
L@ Drafts
@ B E:;::ZLZ []create new Journal Entry when starting new call

| Extreme r
B fiiia Zall status: On hook,

) [ Hosted Solution Start Cal End cal T
T

[ 7 Inbox (2)

77 Trbarararhilibo

Mumber ko dial

V| [ Open Contack J

I
Murber: 02075013018 v | [Dia"ng Propetties. .. ]

Figure 5

Y our handset will ring, pick up the receiver or press the speaker button to connect the call.
Close the “New Call” screen.
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14. Programming Tips:

Consider the numbering plan carefully and consider future expansion.

If possible match digits of the extension number to the last few digits of the DDI.

Use the same number scheme for different types of accounts:

Example:

Extensions: 2000 to 2099

Hunt groups: 2100 to 2199

Auto Attendants: 2200 to 2299

Group Mailboxes. 2300 to 2399

Create Dial Plans 1°.

Create extensions and configure handsets, once all handsets “up and running” start with system

configuration.

“Work Backwards’ Example: When setting up AA or HG, create all destinations, service flags and
group mailboxes needed for the AA or HG 1%. Thiswill prevent you “jumping” around the
configuration.

Programming Tips continued

Always set afinal destination in Hunt Groups, even if the customer is adamant that someone will
answer the call.

When setting up an AA using the “Dial extension” feature ensure the options you configure in the AA
do not clash with the extension numbers.

13. Glossary

Auto Attendant An automated system designed to guide a caller through the options of a voice menu. Typically set to answer
and route incoming calls.

Blind Transfer Where one user transfers a call to another user without notifying the recipient. It is also known as unsupervised
transfer or cold transfer.

Call Forward A feature that allows an incoming call to a called party which would be otherwise unavailable, to be redirected
to a mobile telephone or other telephone number where the desired called party is situated.

Call Hold Allows a system user to manually place a call on hold, so the incoming caller cannot hear your conversation.
Call Pick Up Call Pickup allows a user to answer a call presented to another extension.
Call Transfer Call Transfer allows another party to be placed on hold and transferred to another destination number.

Call Waiting A feature that allows a user to be notified of another incoming call while a call is already in progress, and gives
the user the ability to answer the other call.

Codec Codec is a term that arises from the Compression -Decompression or enCOder/DECoder process. It is used for
software or hardware devices that can convert or transform a data stream. An audio codec converts analog
audio signals into digital signals for transmission or storage. A receiving device then converts the digital signals
back to analog using an audio decompressor, for playback.

Conference Bridge Allows both internal and external telephone users to dial into a pre-configured conference set up by the system
administrator.
DDI Direct Dialing Inward. It allows a caller outside a company to call an internal extension, or group of extensions,

without going through the switchboard.

Domain A company'’s individual partition on the hosted telephone system.

Do Not Disturb This is the ability to temporarily stop incoming calls to a user's telephone.
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Hot Desking

Hunt groups

Jitter

Lag

Latency

Night Service

Overflow Group

Packet loss

Packet Switching

PoE

PSTN

QoS

Redial

RTP

SIP

Soft phone

Digital Subscriber Line. A family of digital telecommunications protocols designed to allow high speed data
communication over the existing copper telephone lines between end-users and telephone companies. Also
known as xDSL.

3 kHz audio encoded at 64-kbps. G.711 is PCM audio, the format used for voice delivery over traditional
telephone networks and exchanges.

Enables a telephone user to log in and out of any telephone on the system.

A Hunt Group is a collection of users handling similar types of calls, e.g. a sales department. An incoming caller
wishing to speak to Sales can ring one number but the call can be answered by any number of extensions that
are members of the Hunt Group.

A term used to describe the variance in delay/latency of transmitted data packets.

Lag is the term used to indicate the extra time taken by a packet of data to travel from the source computer to
the destination computer and back again. The lag may be caused by poor networking or by inefficient or
excessive processing.

Latency the time taken for a packet of data to be sent by an application, travel and be received by another
application.

The period outside normal working hours when the call centre is either directing or overflowing calls to another
answering point.

If all extensions in the Hunt Group are busy or not answered, another Hunt Group, called an Overflow Group,
can be used to take the calls. An overflow time can be set to stipulate how long a call will queue before being
passed to the Overflow Group.

A logically grouped unit of data. Packets contain a payload (the information to be transmitted), originator,
destination and synchronizing information. The idea with packets is to transmit them over a network so each
individual packet can be sent along the most optimal route to its. Packets are assembled on one end of the
communication and re-assembled on the receiving end based on the header addressing information at the front
of each packet. Routers in the network will store and forward packets based on network delays, errors and re-
transmittal requests from the receiving end.

Packet loss is the term used to indicate the loss of data packets during transmission over a computer network.
This may happen on account of high network latency or on account of overloading of switches or routers that is
unable to process or route all the incoming data.

A means of economically sending and receiving data over alternate, multiple network channels. The premise
for packet switching is the packet, a small bundle of information containing the payload and routing information.
Packet switching takes data, breaks it down into packets, transmits the packets and does the reverse on the
other end. Packets can be sent in order and then be received in a different order - only to be put back in the
correct order in seconds. Although traditionally used for data, packet networks, especially well-managed ones,
are becoming suitable for real-time transmission of voice and video.

Private Branch exchange. A telephony/data switching system, usually located on customer premises and
belonging to the user. In contrast to Centrex which is largely located on the common carrier’s premises?

Power Over Ethernet (PoE) describes a system to transmit electrical power, along with data, to remote devices
over standard twisted-pair cable in an Ethernet network.

Public Switched Telephone Network. The combination of local, long-distance, and international carriers that
make up the worldwide telephone network

Quality of Service - the ability of a network (including applications, hosts, and infrastructure devices) to deliver
traffic with minimum delay and maximum availability.

A service feature that allows the user to dial, by depressing a single key or a few keys, the most recent
telephone number dialed.

Real Time Protocol (RTP) is a packet based communication protocol that adds timing and sequence
information to each packet to allow the reassembly of packets to reproduce real time audio and video
information. RTP is a transport used in IP audio and video environments.

Session Initiation Protocol. An emerging Internet standard to facilitate mixed-media sessions over IP. Sessions
may span the range of services from voice-only to full multimedia conferencing; multipoint is also included.

IP telephony software that lets users send and receive calls from non-dedicated hardware, such as a PC. Itis
typically used with a headset and microphone.
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Time-division multiplexing (TDM) is a method of putting multiple data streams in a single signal by separating
the signal into many segments, each having a very short duration. Each individual data stream is reassembled
at the receiving end based on the timing.

Twinning Allows an external telephone such as mobile phone/home phone or soft phone to ring simultaneously with calls
that come into your office phone

VolP The process of making and receiving voice transmissions over any IP network. IP networks include the
Internet, office LANs, and private data networks between corporate offices. The main advantage of VolP is that
users can connect from anywhere and make phone calls without incurring typical analog telephone charges,
such as for long-distance calls.

Wholesale Extension Service (WES) is a fully managed fibre connection presented on Ethernet providing a
high-speed, permanent, point-to-point circuit, offering secure and reliable bandwidth for the transmission of
data, voice and video. This is typically available in 10Mb, 100Mb or 1Gb versions.
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