VoIP Studio

Administrator Manual

Version: 0.6
4-04-



R 121 Yo 18 T3« T N 4
L= =T 4
LR ET 01104 T=T o 4
Intended AUdIENCE . . . . .. it e e e e e e e e e e e et e et e e e e e e e e e 4
L0031V 1o 4
LG Vo7 eT=T o] 5
VOIP (V0ICE OVET IP) L ettt et e e e e e e e e e e e e e e e e e e e e e 5
HOStEed P X e e e e e e e ettt e e e e e e 5
Lo Ty P 5
B NI ION e e e e e e e e e e e e e e e e e e e e e e e e e e 5
LT T 5
DA O LU o =] = | S 6
o 1 6
Administrator Interface OVeIVIEW . . . . . . o it it i i it e e e e e e e e e e e e e e e e ettt e e e 6
G TR = 71 =T 2 o= 7
L1 T2 o 7
UL (o 1o ¢ T ¢ R 8
AtV e et e e e e e e e e e e e e e e e e e e e e e 8
DECtIVate | L L L e e e e e e e e e e e e e e e e e e e e e e e e e e 8
Saved Credit Cards . . . .ot i it it it e e e e e e e e e e e e e ettt e e e e e e e e e e 9
L L (o] 9
oo 11 4 10
L o1 e 10
Orders and INVOICES . . . . o ittt e it it e et e et e e e e e e ettt e e e e e e e e e e e e e 11
L= L 1= 12
LTS = 1T L 13
[ o= 1o 0 - Y 13
Emergency Services Calling | . . . L. e e e e e e e e e e et 14
LY LU ES] T o] o N o 15
ROULING RUIES . . o o it it it et ettt et e e et et ettt et e e e e e e e e e e e e 16
L 16
e 17
OUIDOUNG TUIBS | L L ittt et et e et e e e et e ee e ee e ee e et et e e e e e e e e e 18
11010 4o £ 18
A SOUNG | et e e e e e e e et e e e et e e e 18
Bt SOUNG | e e e e e e e e e e e e e e e e e e e e 19
B. Calls HiStOry -« oottt e 20
Call Detail ReCOrd EXPOrt . . . o ittt et it et it e e e e e et e ettt e e e e e 20
Monitored Calls . . . ...ttt e e e e e e e e e e e e e e e e ettt ettt e e e e e e e 20
L o 21
8 ==Y = 23
T Lo T O 23
Lo ) U =T P 24
LT oTo] U E=T=T £ 25
T T4 A V7= = 25
£ T 110 Yo 18 [ o N 18 11 a1 o =Y 26
X [ a1 T T8 o I o TV T 4T 26
Edit inboUNd NUMDEr . . o e e e e ettt e e e e e e e e e 27
L TR LU =Y U= 28
T Lo I T 1= O 28
General SetliNgs | | L L e et e e e e e e e e e e e e e e e e e e e 29
ANt SEtiNgS | L L L et e e e e e e e e e e e e e e e e e e e 29
Caller SOttiNgS | L L L L L e e e e e e e e ettt e e e e e 29
Edit QUEUE . . o i e e e e e e e e e e e e e ettt e e e e e e e e e 29
(07 e o P 30
XT3 =3 o 30
10, RING GrOUPS « ¢ ¢ttt ettt ettt ettt ettt ettt ettt 32
e (o I g To 1 oo L 32
Edit RING GroUD . o e it it it it it et et et et et et et e e e e e e e e e ettt e e 33
1 T ot 0T o T T o 1= 34
X [l To7 0T« o o 34
Edit PICKUD GrOUD . . v ot it it et it et et et e et et e e e e e e e e e e ettt 34
7 Y 35
T Lo I 35
Edit IV R L ot e e e e e e e e e e e e e e ettt e e e e e e e 36
B TR0 =Y =Y o3 == 37
S = Vo £ = 38
T P 38
T Lo 38
Bt L o e e e e e e e e e e e e ettt e e e e e e e e e e e e 40
] o] o 41
L= 103 (o Y =TT Y 41

Aastra 41



Cisco PAPZ AdaDer | | e 42

[ 42
L0 L 42

LS L 43
5 L S 43
FINd Phone [P Address . . . .t ittt it it e ettt e et e et et e e e et e e e e e e e e e e e 44
L= L P 44
CISC0 PR 2 AdaDer | L e e e e e e e e e e et e e e e e e 45
CISC0 S A X e e e e e e e e e e e e e e e e e e e e e e e 45
L0 45

L L 46
o LS 46
AU PrOVISIONING . . .t it ettt et e e e e et e e e e e e e e e e e e et e e e e e e et e e e e e e 47
= L 47
CISCO PAP 2 AdaDer | et e e e e e e 49
G800 S AKX L e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e 50
Grandstream HandyTone 286 | . . . . . . . .. ... ittt ettt ettt ete ettt e e et e 51
NI e e e e e e e e e e e e e e e e e e e e e e e e e e e e 52
- LS 53
Manual configuration . . . . . ..o e e e e e e ettt e e e e e e 54
L= L PP 55
CISC0 P AP e e e e e e e e e e e e e e e e e e e e e e 55
CISC0 S A2 G | | L L it e e e e e e e et e et e e e e 57
GIgaSEt ADB0 | L L L ittt e e 58
L0 59
MO L e e e et e e e e e e ettt e e e e e e e 60
o LS 60
15. Network Configuration - « . . . oottt e 62
LN Lo =TT 62
16. Getling Help - - - oot e e e 63
B0 o441 et 63
VW YOUN tCKEtS .« . . o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e 63
LRL=T o] (o (et Y 65
L= T (IS U o] oo o S 66
LA 1 0TS 67
Call forWardiNg . . o ot ot ittt it it e e e e e e e e e e e e e e e e et ettt e e e e e e e e e e 67
L0721 o1 o 67
L0 111 a1 £ Y 67
L0 | INN - 11 4o Y 67
55 67
5 Y 67
FOlOW M . ot it e e e e e e e e e e e e e e ettt e e e e e e e e e 67
L 05y (=T N = Y 67
1Y O 68
LV E=T oo T N o] Y 68
L 1 68
QUEUE (AC D) .\ttt ittt ettt e e et e et e et e et et e e e e e e e e e e e e e e e e e e e 68
SIP e e e e e e e e e e e ettt et e e e e e e e e et e e 68
S S L e e e e e e e e ettt e e e e e e e e e ettt e e e 68



1. Introduction

General

VolP Studio is a complete fully featured business class Hosted VolP PBX systems. It allows you to make and receive phone calls from
the Internet and traditional telephone network at the same time. It makes managing your communication easier and helps to reduce
operating costs and increase productivity.

Requirements
Your control panel is browser-based. The following are recommended:

* Internet Explorer 7+
* Mozilla Firefox 3.6+
* Google Chrome

* Opera 9+

* Safari 4+

The web control panel is optimized for a screen resolution of minimum 1024 x 786 pixels.
Softphone application requires one of the following operating systems:

* Microsoft Windows XP

* Microsoft Windows Vista

* Microsoft Windows 7

* Linux
* Apple OSX

Intended Audience

This guide is intended for personnel involved in operating hosted VolP PBX. Readers of this guide should possess the following
recommended knowledge and skill sets:

* Basic computer skills
* Familiarity with standard PBX features

Conventions

In this manual, you will find a number of styles of text that distinguish between different kinds of information. Here are some examples of
these styles, and an explanation of their meaning.

style meaning

www.example.com/login Text you need to type into a program.

email field (1) Field shown in a figure. For E-mail: | your@emai.com €}
example:
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Key concepts

VolIP (Voice over IP)

Your VOIP

Network VolP Networks
(hosted PEX)

| Your VoIP
Gateway

Figure 1.1 How VolP Hosted PBX works.

VolP or Internet telephony refers to communications services - voice, facsimile, and/or voice-messaging applications - that are
transported via the Internet, rather than the Public Switched Telephone Network (PSTN - traditional telephony). Thanks to VolP
technology you can:

* (1) make and receive free Internet calls to other VolP networks.
® (2) call any land line or mobile (cell) phone at very low rates.
* (3) receive calls from traditional telephone network.

* (4) send text messages (SMS) to mobiles (cells) world wide at very low rates.
* (5) receive faxes to your email address for free.

Hosted PBX

Hosted PBX is a service provided by us, using equipment located in our premises. This means you don't need to buy or install PBX
equipment in your office in order to benefit from advanced PBX features.

Control Panel

This is a web based application which allows to manage all aspects of your hosted PBX system. Create new user accounts, ring group,
pickup groups, assign inbound numbers and provision VolP phones.

Extension

A telephone extension is an internal telephone line attached to a PBX system which allows multiple phones to connect without each
phone requiring a separate outside line (inbound number) assigned to it.

Inbound number

Inbound number also called Direct Inward Dialling (DID) in USA, Direct Dial-In (DDI) in Europe, is a range of telephone numbers
connected to your PBX, so it can route the call to the desired person or Ring Group (IVR etc.) within the organization.
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2. Quick Start

Login

|y0ur@emai|.com [ 1] | Reception | g'_a]}%ministratinn' 8] Logout

Password:

e |

Remember me on this computer. a

Login |3

Figure 2.1 Login form.

To login into the control panel navigate your web browser to http://voipstudio.com/login and enter your email address into field (1) and
password into filed (2) . Optionally you can select "Remember me on this computer" checkbox (3) to have your email address saved.
Finally click Login button (4) and once Control Panel is loaded click Administration (5) button in the top right corner.

Administrator Interface overview

Welcome, John Smith |58 Recepﬁnne-(} My Account| | Shop| ﬁ] Logout

||, Balance: £ 4.262 2 &_} o o @ aoa (@2 () Inbound numbers HE =
& Topup Name Email Exter DDl number CLI @ Add
& Auto Topup £ AnnaJones ajones@ex 2001 0124884768 0124884768 00 0D 1 {{J 01248847698 Anna Jones
5 Saved Credit Cards Adam Kelly akely@exa 2002 0845998451 [7]0/0 O g Y (B452247689 F
i m Kel a.kel a8 ' [ ax
uHEmW ‘E— "b q-] &
£ Mark Padw: m.padwal@ 2003 0845452733 0845452733 [0/ 5 L () 08454527334 Mark Padwal
= Account - "
Bt i ~ || £ JohnSmith jsmith@exa 2000 0845999451 100 't L (i) 0B458994518 Ring Group: S
= Profile (2]
Orders & Invoices e
d‘B Calls statistics Dialled numbers Received calls Missed calls Calls Monitoring Fax
_ i Settings a8l Date and time  From To Destination Duratk Rate Charg
2010-08-27 15: John Smith <08459% 01613232434 United Kingdor 00:02: 0.010 0.024
%'—“‘“'““5 (3] 2010-08-27 15:¢ é{:hn Smith <08459% 02088447123 United Kingdor 00:05: 0.010 0.051
Music on Hold
) 2010-08-27 15:¢ John Smith <084599% 02088447123 United Kingdor 00:00: 0.010 0.009
| Routing Rules
w4 Sounds 2010-08-27 15:¢ John Smith <0B4599 9745234234  Qatar Mobile 00:02: 0.203 0.606
2010-08-27 15:¢ John Smith <084599 1323423434  United States 00:00: 0.008 0.000
g’ Support Centre 2/1? ||| 2010-08-27 15 John Smith <0B4599 31349352723 Netherlands  00:00: 0.016 0.000 £ Ring Groups 2+
o c‘_g Submit Ticket | | 2010-08-27 15: John Smith <0B4599 4823232334 Germany 00:00: 0.013 0.000 J& Queues 2+
2010-08-27 15:: John Smith <084599 01613232434 United Kingdor 00:00: 0.010 0.009 £ Pickup Groups 21+
Context-sensitive Help . ' ) : — =
Context.sensitive Help is 2010-08-27 15:: John Smith <084599 02088423212 United Kingdor 00:00: 0.010 0.009 2 IR oy
available for every panel. Click 2010-08-27 15:: John Smith <08459% 07792211223 United Kingdor 00:00: 0.101 0.045 =
on the question mark in the top /) Conferences 2+
right corner of the respective - ~ . % = ~
i Sy Page 1of3| b bl | & & Displaying calls 1-100f 27 | =} Phones 2 @+
arnarate Heln tamie will then 0
Terms and Conditions po Buying with us

Figure 2.2 Administrator Control Panel.

1. Balance panel - here you can find your current pre-paid balance, account statement, top-up your account and manage saved

credit cards.

.My Account panel - here you can view and edit your company profile, track progress of your orders and obtain invoices.

. Settings panel - here you can manage your locations and other advanced PBX features

. Support Centre panel - gives access to context sensitive help. Also here you can submit tickets to our Support Team.

. Users panel - allows to create new and edit existing user account.

. Calls History grid - in this panel you can see history of all your calls (including billing details).

. Footer section - here you will find various links, including the one to download Softphone application.

. Sidebar panel - here you can manage your Inbound Numbers (DDI) and a number of advanced PBX features like: Queues, Ring
and Pickup Groups, IVRs, Virtual Conferences Rooms and VolP phones.

9. Header buttons - here you will find buttons allowing you to switch to different sections of your Control Panel and to log out.

O~NO O~ WDN
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http://voipstudio.com/login

3. Balance

- Balance: £ 26.824 ?

"% Topup
4 Auto Topup
|-] Saved Credit Cards

Lo History

Figure 3.1 Balance panel.

All our services are pre-paid, so you need to make sure you have enough credit on your account to make outbound calls to chargeable
destinations.

Top Up
I Balance: £ 0.000 ? i Basket 2=
4 Topup o PSTN Call credit aia 5.00
.i‘f’, Auto Topup Total: 5.00
|5 saved Credit Cards £ Checkout € B
] History
Checkout X
ftem Qty Price Amount
PSTN Call credit 1 £5.00 £5.00
Net: £5.00
VAT (20%): £1.00
Total £ 6.00
Payment
Enter Credit Card details below: Pay with one of your saved cards:
Card Type: wisay hd Visa - **** 5107 v & Pay
Card number:
Name on card:
End date: ol |>| [2013 |+v On your creditrcard statement transactions will
be shown as: "www.ssl7.net
Address:
Postcode: Al ransactions are secured with 256-bit S50
certificate and 30 authentication,
City:

Country: United Kingdom il MasterCard. @ Véf'{!,ﬁg
=

? | Security code:
[¥] Save this card for the future use?

(3]
§# Pay

Close
Figure 3.2 Balance Top Up.

To increase balance of your account:

1. Click Top Up link in Balance panel and PSTN Call credits will be added to your Basket. You can use [+] and [-] buttons to
increase or decrease amount of purchased credits.

2. Click Checkout button to complete your transaction.

3. Enter your Credit Card details and click Pay button.

Please note: before making your first payment please download our Softphone and make a Test Call by dialling 123 - the system will
verify if the country where your call originated is the same as billing address of your credit card. If for some reason you need to use a
credit card issued in a different country where you are currently located, please open a Support Ticket and mention your location and
country of origin of credit card you wish to use.

7168



Auto Top Up

In order to ensure your account is always in credit you can enabled Auto Top Up feature. Once your account reaches pre-defined level,
it will be automatically topped up using one of your saved credit cards. This is a convenient way of making sure your account balance
never reaches zero.

Activate
Auto Topup *
Auto topup is currently disabled.
Balance: £ 0.000 2 Automatically top up my account with:
- £ 50.00 i
%’TDDUD when balance reaches level shown below:
& Auto Topup o £10.00 =
E saved Credit Cards X 3
_ use the following Credit Card:
L: History

Visa - **** 1111 S

Activate auto top up 9

Cancel

Figure 3.3 Activate auto Top Up.

To activate Auto Top Up feature:

1.Click Auto Top Up link in Balance panel.
2. Select Top Up amount and desired auto Top Up level. Finally click Activate auto Top Up button.

Dectivate
Auto Topup ®
Auto top up is currently enabled.
Your account will be automatically topped up
i Balance: £ 0.000 ? with £ 50.00 when it reaches £ 10.00 using the

following Credit Card:

J Topup Visa - ™ 1111

é’, Auto Topup o

[ Saved Credit Cards ; )

L;l E Eshory Deactivate auto top up

Cancel

Figure 3.4 Deactivate auto Top Up.

To deactivate Auto Top Up feature:

1.Click Auto Top Up link in Balance panel.
2.Click Deactivate auto Top Up button.
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Saved Credit Cards

| saved Credit Cards 2% |

Type Number Name on card Startdate Enddate  Address
Visa o 1111 John Smith 03/2012 King Street 1 W2 4P jj
Card Type: wisa Visa hd
We will deduct your monthly subscription
Card number: charges from the credit card shown above.
Mame on card: You can save additional cards using form on
the left.
End date: 01 |+ |2010 52
On your credit cand statement transactions will
Address: 9 be shown as: "www.ssl7.net”
Paostcode:
All transactions are secured with 256-bit SSL
City: certificate and 3D authentication.
Country: Unitad Kingdom v
- _ MasterCard. VERIFIED
| Security code: by VISA
Save 0

Close

Figure 3.5 Saved Credit Cards window.

In order to pay for monthly subscription fees or use Auto Top Up feature, you need to save details of at least one credit card. To save
credit card details, click [ Saved Credt Cards |ink in Balance panel. Next fill all fields in the form (2) and click Save button (3). If you no
longer wish to use particular credit card for your payments, use delete button (4) to remove it from the system.

History
g_Balance histery 3 1l

Date and time Description Moneyin  Money cut  Balance

2010-08-31 17:47:53 ‘Qatar Mobile - 105 sec. £ 0.355 £ 14298
2010-08-31 17:47:43 United Kingdom Mobile - 145 sec. £0.244 £14653
2010-08-31 17:44:59 United Kingdom - & sec. £0.009 £14.897
2010-08-31 17:44:49 United Kingdom - 14 sec. £0.009 £14.906
2010-08-31 17:44: 31 United Kingdom - 31 sec. F0009 £14.915
2010-08-31 17:43:55 United Kingdom - 223 sec. F£0.037 £14.924
2010-08-31 17:41:30 United Kingdom Mobile - 23 sec. £0.039 F£14.951
2010-08-31 17:34:54 PSTN Call Credit £ 15.000 £ 15.000

@

{ | Page 1|of1 | Transactions 1 - 8of 8

Close

Figure 3.6 Balance history.

To view your account statement click History link in Balance panel.
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4. My Account

7 My Account ?

3= Profile
Orders & Invoices
il Calls statistics

Figure 4.1 My account panel.

Profile
Account Profile 2|

Company: My Business PLC
Address: New Bond Street
City: MNewyork
State: New Jersey b
ZIP Code: 41200
Counfry: United States 5
Currency: British Pound Sterling i
Timezone: GMT -8 Los Angeles, San Francit v
Language: American English ha
Area code:
Price Plan: Pay As You Go - 3.99 user p.m. | ¥

Update Cancel

Figure 4.2 Company profile window.

To change your Company address details, click Z7/Frofie [ink in My Account panel (see figure 4.1). Please make sure both your address
details, preferred currency and VAT number (applicable to European Union countries only) are correct, as this will be used to prepare
your invoices. Depending on your location and if VAT number is entered, the following VAT tax rules apply:

* Current VAT rate applies to all domestic / EU customers

* EU Business with a VAT Number will not be charged VAT

¢ EU Individuals/business without VAT number - current VAT rate applies
* Customers outside EU, no VAT applies

Here you can also change your time zone which will affect how dates and times are displayed in the Control Panel and language of PBX
prompts.
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Orders and Invoices

| orders & Invoices 2
o‘four next bill Invoices
Description Price Qty Amount
John Smith - User account subscription fee (2012-07-16 -
2012-08-16) i 5 £2e
Peter Jones - User account subscription fee (2012-07-16 -
2012-08-16) £2d 1 ot
Net: £598
VAT: £1.20
Total: £7.18
Payment due on: 2012-07-16
Payment method: Visa - **** 4002
Close
Orders & Invoices ?
Your next bill Invo ioeai9
Order No: 153402 .
Order Date: 2012-06-16 .E. Tnvoice €
Description Price Oty Amount Status
John Smith - User account subscription fee y
(2012-06-16 - 2012-07-16) r : £40 @
Peter Jones - User account subscription fee ¥
(2012-06-16 - 2012-07-16) e . ] @
Net: £5.98
VAT: £1.20
Total: £7.18

Page| 1|of4| b b | &2

Figure 4.3 Orders and invoices window.

To view or print your invoices click Orders & Invoices link located in My Account panel (see figure 4.1).

1. Details of your next payment can be found in You next bill tab.

Displaying orders 1 - 10 of 19

2.To view status of your orders click Invoices tab.
3. To download an Invoice in PDF format click link (3).

Close
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Statistics

Call Statistics.

= call Statistics %

From |01/00/20133  To: |10/10/2012 3  Update From |01/09/2013[F o |10/10/2013[F  update B
]m[&mmﬂmwhmu Spendng | | | Queves | Outbound calls | Tnbound cals || Destations || Spenng | |
Queve: | Al v | Agent Al v % update
Location: | Al v
Total Calls

Total number of calls processed

Total cals answered by Agenis

Percentage of cals answered by Agents
Tetal cals directed to "Destination if no answer”
Percentage of cals drected 1o "Destination if no answer

Total cals lost
Parcentage cals kst

Answered calls
Mumiber of calls 1
Tetal cal langth 00:00:08
Average cal engih 00:00:06
Average cal waling 00-00:05
Minimum cal length 00:00:06
Maximum cal length 00:00:08
Minimym coll wating 00:00:05
Mitsirum cal waling 000005 - M John Smith ] AniBen  Mark Padwal [l Anna Jones Adam Kelly

| cose |

Figure 4.4 Call statistics.

Here you can view statistics of your inbound and outbound calls as well as costs breakdown.
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5. Settings

¢ Settings 8|2

{u¥ Locations
JJMusic on Hold

|Routing Rules
-+ Sounds

Figure 5.1 Setting panel.

Locations

User locations 2%

Default United Kingom

Name: United Kingom

Address: Leinster Square 291

City: London 9
Postcode W2 4NQ

Country: United Kingdom )
Timezone: GMT +0 Dakar, Dublin, Casablanca, ¥
Language: British English il

b Emergency Calling Not Active Request Activation

@ Add location@) submit €|  Close

Figure 5.2 Locations.

Dial plan of each user depends on their geographical location. For example in most European countries prefix 00 for international
numbers and single 0 for local numbers is used. In United States prefix 011 for international numbers and no prefix for local numbers is
used. By default all your users are assigned to the location (country and time zone) as defined in your Company profile - see Figure 4.2
above. However if some of your users are located in different countries you can define additional location and assign users to them.

To add or modify locations click Locations link located in Settings panel - see Figure 5.1 above - and follow steps below:
1. Click Add location button.

2. Enter your new location address details.
3. Click Submit button.
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Emergency Services Calling

User locations

Default

Name:
Address:
City:
Postcode:
Country:

Timezone:

tails of your default location use Profil e link on th

qi Ema

rgency Calling Not Active Request Activation

&3 Add location Subrr'.'rto Close

Figure 5.3 Emergency Services calling

T

* User locations 2l

Default

Name:
Address:
City:
Postcode:
Country:

Timezone:

T details of your default location use Profile link on the laft.

_'qi _E__merg_e{lc_[ Ca_ll_ing Active dial 999 or ]_.12 e

shown to Emergency Servic

&) Add location Submit Close

In some locations you can enable Emergency Services Calling (Police, Ambulance and Fire Brigade). To enable this feature please
ensure your address details are correct as they will be passed to Emergency Centre and used to dispatch Emergency vehicles in case
of a "silent call" (when operator is unable to speak with person who called emergency number).

To enable Emergency Calling click Locations link located in Settings panel - see Figure 5.1 above - and follow steps below:

1. Select Request Activation checkbox - see (4) in Figure 5.1 above.

2. Click Update button.

3. Once you address is successfully validated you will be able to call Emergency Services by dialling 999 in the United States or

999 / 112 in the United Kingdom.

Important: you will not be able to make emergency call in case your Internet connection is down. Please use your mobile (cell) phones

in this case.
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Music on Hold

T
LT
b BT

Sounds e
Search: P | Folder: | My Sounds |v &) add
Transcription Dwur. Group
+" Tune One 356 no group D
+" Tune Three 9 75 no group [y
# Tune Two ‘\ 879 nogroup D]
"
-
L]
-
'~
‘Q
-
e
Page| 1)of1| b bl | @ Sounds 1-3of 3

Close

Figure 5.4 Custom Music on Hold.

By default there is one set of music tunes which are being played to callers while they are awaiting for connection.
create up to 20 custom Music on Hold sets which can include marketing messages and other announcements.

Music on Hold

Defautt Music on Hold: System

System || Music on Hold 1

MName:
Track
Tune Cne
Tune Three

Worning Cuﬁ;
-

Beane PFujecl System

w

2l

Daw @

Close

It is possible to

To create custom Music on Hold set click Music on Hold link located in Settings panel - see Figure 5.1 above - and follow steps

below:

1. CLick Add button located in top right part of Music on Hold window.
2. Drag and drop music tines you want to include in custom Music on Hold set.

3. Click Submit button.
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Routing Rules

Using Routing Rules it is possible to overwrite default settings for inbound and outbound calls based on pre-defined conditions.

Inbound rules

Routing rules

3 Sources = Inbound rules Outbound rules
@ add €
(=] Anonymous
=] 40X, Source Destination
=] +34X. 1 _]J +AGX. 9 IVR: IVR Mian - ... a
#[_] Customers Il
2 :J +34K. IVR: VR Main - _..
[
3 :JJ VR VR Mian - ..
4
4 Ar A
I

(2} Time Conditions |+

Figure 5.5 Inbound rules.

To define inbound routing rules:

1. Click Add button (1) to create new Inbound rule,

Time interval

Business Hours

Business Hours

Business Hours

Out of office

odma

Action

IVR: IVR Main - Ger| ¥
IVR: IVR Main - Spa|™
Default 2

Voicemail: Peter Ch [

0 Update Cancel

2. Add one or more Source numbers and/or patters using Add button (2). Characters listed below are interpreted as a pattern

rather than a literal:
o X - any digit from 0-9
°© 7 - any digit from 1-9
° N - any digit from 2-9

° [1235-9] - any digit in the brackets (in this example, 1,2,3,5,6,7,8,9)

© X. - (dot) one or more of X - for example +442X. will match any number starting with 442

3. Drag and drop number and/or patters from Sources panel to Source column in Inbound rules tab.

4. Drag User, Inbound Number, IVR or Queue into Destination column.

5. Optionally you can add Time Conditions using panel (5).

6. Set Action that PBX should perform if inbound call matches defined conditions using drop down list (6) .

7. Click Update button to save your rules.
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Example

Routing Rules Tl
3 Sources + Inbound Rules Outbound Rules
o) Time Conditions - 2 add
& Add
Source Destination Time interval Action
=] Office Hours
1 :J . Queue: Sales Office Hours
' Default o
4+
3 :J " Queue: Sales a - .
i i Voicemail: John S|
Add Time Condition 7%
Name: Office Hours
Start time: HH{ 08 | | MM 00 | v
Start date: |
End time: HH) 17 | | MM 30 | v
End date: |

“mon MTue Mwed & Thu
[ Fri Osat [Osun

Timezone: GMT +0 Dakar, Dublin, Casablanc: v

k] Esncel Update Cancel

Figure 5.6 Inbound routing rule - example.

Call routing system will try to match all incoming calls according to their source (Caller ID), destination and time interval. In the example
above there are two rules defined for "Destination" - "Queue: Sales". Lets analyze the following two scenarios:

Scenario 1. A call from number +1 321 987 323 to "Queue Sales" at 10:45 on Wednesday:

Rule 1 * Source: +1 321 987 323 - matches "Any" ? - Yes * Destination: matches "Queue Sales" ? - Yes * Time interval: 10:45 on
Wednesday matches "from 9:00 to 17:30, Mon. - Fri." ? - Yes * Action: connect the call to the "Queue Sales" (Default) and stop
execution of routing rules.

Scenario 2. A call from +1 321 987 323 to "Queue Sales" at 6:10 on Wednesday:

Rule 1 * Source: +1 321 987 323 - matches "Any" ? - Yes * Destination: matches "Queue Sales" ? - Yes * Time interval: 10:45 on
Wednesday matches "from 9:00 to 17:30, Mon. - Fri." ? - No, skip this rule and continue to the next one

Rule 2 * Source: +1 321 987 323 - matches "Any" ? - Yes * Destination: matches "Queue Sales" ? - Yes * Time interval: 10:45 on
Wednesday matches "from 9:00 to 17:30, Mon. - Fri." ? - Yes * Action: route call to John's Voicemail and stop execution of routing rules.
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Outbound rules

Routing rules k.

I;_'f‘ Destinations = Inbound rules Outbound rules
O O QO aag
=] +882X.
) +44x. Source Destination Time interval Action
1 | Amdrew Jones 2 ay O Any 0
1 Allow 2
2 :]J Anna Smith +44K. B =
it J| PeterCharles Allow
3 :]J Anna Smith Any Any -
i1 Peter Charles Block
4 :Jj Any +882X. 2
i Block &
() Time Conditions -+
o Update Cancel

Figure 5.7 Outbound rules.

To define outbound routing rule:

1. Click Add button (1) to add new rule.
2. Drag and drop users into Source column (2).
3. Add one or more Destination numbers and/or patters using Add button (3). Characters listed below are interpreted as a
pattern rather than a literal:
° X - any digit from 0-9
°© Z - any digit from 1-9
° N - any digit from 2-9
° [1235-9] - any digit in the brackets (in this example, 1,2,3,5,6,7,8,9)
° X. - (dot) one or more of X - for example +442X. will match any number starting with 442
4. Drag and drop number and/or patters from Destinations panel to Destination column in Outbound rules tab.
5. Optionally you can add Time Conditions using panel (5).
6. Set Action that PBX should perform if inbound call matches defined conditions using drop down list (6) .
7. Click Update button to save your rules.

Sounds
Add sound

Sounds # Add new sound ><

Search: sales % B| My Sounds v | ) © © ada Transcription:

Transcription Dwur. Group

Jo sounds found matching your criteria. MP3 sound file:
Browse... 9
Upload [ 4]
Close
Page 1of1| b b | & No sounds to display

Close

Figure 5.8 Add sound.
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Sounds window gives you access to many pre-recorded announcements that can be used to compose your own IVR menus. Here you
can upload you own announcements:

1. Select "My Sounds" from the drop down list.
2. Click Add button.

3. Select an .mp3 file you want to upload.

4. Check if you want to normalize volume level
5. Click Upload button.

Edit sound
Sounds ¥
Search: X | B || My Sounds | v i) Add Edit sound VR ED
Transcription Dur. = Group Transcription:
0 test 10.2  nogroup > st @)
test123 10.2  no group »
MP3 sound file:
Browse 9
Page 1lof1| b bl | &2 Mo sounds to display
Dedete o Update Cancel
Close 9

Figure 5.9 Edit sound.

To edit your existing recordings:

1. Click on Edit button of the sound file.

2. You can rename the file from here.

3. You can browse another mp3 and replace the sound file.

4. Check if you want to normalize volume level

5. To delete this file, Click on Delete

6. To save your settings, click on Update or to cancel, click on Cancel.
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6. Calls History

Dialled Numbers || Received Calls Missed Calls

Monitored Calls

Drate and time o From To Destination Dwration Rate Charge
& 3-10-07 16:15:04 Mark Padwal 9 +44 744 344 6599 United Kingdom Mobile 00:00:00 0.080 0.000
& 3-10-07 16:15:00 Mark Padwal 2000 John Smith 00:00:00 0.000 0.000
@ 3-10-07 16:14:58 Mark Padwal <2005> +44 B45 591 6358 United Kingdom Share...  00:00:00 0.000 0.000
& 3-10-07 16:13:46 test Mark Padwal 376582 Anna Jones 00:00:00 0.000 0.000
& 3-10-07 16:13:46 test Mark Padwal 376592 ; Mark Pardwal (M- (40011 0 000 0000
CDR 46902562 -
& 310-07 16:13:44 Mark Padwal <2005= +44 845 591 67| 2%
Lt " -09:5
¥ 3-10-07 16:09:51 Anna Jones <2002= 501 Calldate 2013-07-27 16:49:08
%' 3.10-07 16:09:11 WMark Padwal <2005 501 Clid Chris <7907>
(7] i Src 7907
W ) 07 16:01:47 ! 5.
@ ek Pacwal - 2005 pEed o SrcUa Cisco/SPAS25G2-7.4.8 (@708105b3f42c
= 310-07 15:44:24 Wark Padwal <2005> 2002 SrcCodec alaw
Page 1of11| b M @& a7 | Dstid 0
Dst 442088112567
te| EBxport @ DstName United Kingdom
[C] Show extra info (4] DstUa Avon v1.0

DstCodec alaw

Dwration 17

Bilsec 14

Disposition CONNECTED

TCause Normal Clearing

Close
Figure 6.1 Calls History.

In this panel you can view history of all made and received calls. Also here you can obtain detailed billing information about chargeable
outbound calls and listen to or download call recordings. To switch between Dialled, Received and Missed Calls use tabs (1). You can
use Filters as shown in (2) above to search for calls made to/from specific numbers or time ranges.

To view additional information (such as User Agent string and used codecs) select checkbox (5) and click icon marked as (6) in figure
above.

Call Detail Record Export

To export your call details data into Excel file please select Export from the context menu as shown in (3) above. Please note: export
operation is limited to 15 000 records, so you may have to use date range filter to limit number of data exported.

Monitored Calls

Dialled Mumbers Received Calls Missed Calls Monitored Calls o

Date and time User From To Duration

2012-02-05 6:14:36 PM Alan Jones 2002 0 208 846 2718 00:00:39 =
2011-12-04 4:23:52 PM Alan Jones 2002 +48 661 384 770 01:71:50 = |
2010-08-31 18:11:52 John Smith <MNA> 2005 0779933223344 00:02:19 =]
2010-08-31 18:11:35 John Smith <NA> 2005 GT4554223434 00:01:15 N B
2010-08-31 18:11:06 John Smith <MNA> 2005 8623431204344 00:00:00 b3
2010-08-31 18:10:37 John Smith <NA= 2005 016166033445 00:03:04 y B
[4 4 | page 5 of5 Wl | @ ekl oDeete (5] Displaying calls 41 - 42 of 42

Figure 6.2 Monitored calls.

To view, listen or download your monitored calls (recorded automatically or manually)

1.Click Monitored Calls tab.
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2. To listen to the recording click P1ay button.

3. To download recording as MP3 file click Download button
4. To export the CDR, click on Export button

5. To delete, click on Delete button

FTP Access

It is also possible to bulk download Monitored Calls MP3 files using secure FTP program. First you need to obtain your FTP login
details.
Dialled Numbers = Received Call: ~ Missed Calls  Monitored Calls

Date and time From \'C/f To Destination Duration Rate Charge

o aisplay.

FTP Access * FTP Access *

= Export
E FTP Access o FP AcFess _bj your Call Hisb:ry and Your FTP account details:
Recordings is currently disabled.
[F] Show extra info Server: sftp.ssl7.net
o\c‘tivate FTP Access
2| [BEJES Username: user 0
Password: pass o

Flease enable explict FTP over
TLS in your FTP dient software.

Close Close

Figure 6.3a Obtaining FTP login details.

1. Click FTP Access
2. Click Activate FTP Access.

Next please follow steps below to configure popular FileZilla http://filezilla-project.org/ FTP client:

.Select Site Manager. .. fromthe File menu.

.Enter sftp.ssl7.net into Host field.

.Enter 21 into Port field.

Select FTP - File Transfer Protocol.

Select Require explicit FTP over TLS.

Select Normal |ogon type.

Enter your username as seen in Figure 6.3a (3) into User field.
Enter your password as seen in Figure 6.3a (4) into Password field.
Click Connect button.

CENDUO A LN

Format of recording files as below:

YYYY mm_dd_HH mm_ss—-SIP_USERNAME-CALLER_ID-CALLED_NO-UNIQUEID.mp3

Note: recordings are uploaded to FTP site every 24 hours, so you may have to wait until the most recent ones becomes available for
bulk download (all recordings are instantly available via web admin panel). Recordings are automatically deleted from FTP site after 30
days.
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http://filezilla-project.org/

i FileZilla

GEN Edit View Tramsfer Server Bookmarks Help

Site Manager... o
News kab
Close tab

Expoet...
Impoet...

Shove Fles currently b

Exk

@ e D (Data)
High E:

Queued files

CTRLES

Part: | [Quldwnecx IB

| | General | Advanced || Transfer Settings | Charsst
L4 My Sites ;
I sftp.sei?net Host: sftp.ssi7.ret (£ | port: [21 @)
Protocal: | FTP - File Transfer Probocol 0 b
Encryption: ReuwexnkilHPwer‘lLso b
Logon Typs: Nurmd G v e
User: 100001 B
Password;  sesssss 0
Accounk:
Comments:
[ newste ][ mewFolder | &
[ rew Bookmerk | [ Rename |
[ Delete ][ Copy l =1
| cumeI o | [ concel | >
B Queus: empty e e

Figure 6.3b Monitored calls - bulk download.
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7. Users

&

&
&
&
&
&

Users

First Name Last Mame Email Exten. = DDl number CLI

Adam Kelty adami@abc.com 2004 NA =140
Ani Ben ani@abc.com 2003  +44 B45 5513848 NA =000
Anna Jones anna@abc.com 2002 +44 845501 3718 [F]0/0
John o Smith john@abc.com 2000  +44 8455916358  +44 845591 6358  [A1/0
Mark Padwal mark@abc.com 2005  +44 B45 5513718 NA 2 0/0

Figure 7.1 Users panel.

Here you can view and edit all settings related to your users. You can also import or export list of users from this panel.

Add user
Add user = e
Add user B
Add user 7 |[%
General Features Security

General Features Security
General Features Security

Personal details
Call options

- Password
Email:
Call Waiting [ oo not disturb
First name: Password:
Last name: Yoicemail Confirm:
Mohils: Enabled Ring time: |45
Role
Location: Default - Uni Motify via Emai
Role: Morrmal bl
Extension, Inbound number Groups
1 Permissions
Extension: 2001 Ring Groups: Mone
) Follow Me allowed Ll Recording allowed
Inbound rumber: Pickup Group: None
To add numbe
:;?E From the Calls Monitoring
' Metwork Unavailability Murber:
® Disabled O Al calls
Line presentation: | Mone Direct calls anly Ring time: O nbound only O outbound arly
Motify user via ernail about new
Acd
Auded Cancel

Figure 7.2 Add user.

To add a new user click Add button located in top right corner of Users panel. The minimum information you need to provide in order to
create new user account is: Email, First and Last Name, Extension number. Optionally you can adjust number of additional settings.

If you omit password and confirm password fields, a random password will be automatically generated.

You can assign one of two roles to a new user:

¢ Administrator - this user will be able to use Administration Control Panel.
* Normal - only Normal User Control Panel available
* Receptions - access to the virtual Reception Console

1. General - In this tab, you need to fill your First & Last Name, Email, Extension. You can drag your Inbound Number here and can

set a Line Presentation, Caller ID.
. Features - You can enable or disable Call Waiting, Do not disturb, Voicemail and set Network Unavailability Number in this tab.

. Security - In this tab, you can enable or disable Follow Me - call forwarding, Call Monitoring - call recording. Using this tab, you
can reset user password for VolP Studio login.

w N
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Edit user

Edit user John Smith

General Features Follovs Me
Personal details
Email: Jsmithiexar
First name: Jabn
Last name: Srrith
Maobile:
Location: Default - Ur

Extension, Inbound number

Extension: 2000

Inbound nurmber: To add rurt
drop From tH
righit.

Lire presentation: | Mone

Delete
Edit user John Smith
General Features

Password
Paszword:

Corfirmn:

Role

Role: Administrator, Receptionist | v

Permissions

Follow Me allowed

Calls Monitoring

® Disabled
O Irbound anly

Delete

Figure 7.3 Edit user.

Follow Me

Edit user John Smith

General Features

Call options

Call Waiting

Yoicemail

Enabled

Tatify via Email

Groups
Ring Growps:

Pickup Group:

Metwork Unavalability Number:

Direct calls only

Dizlete

il Recording allowed

O Al calls
O outbound anly

Upiate:

[ ba not disturb

Security SIP Info

CXIEY:
Edit user John Smith

Securiby Sl

[ raatify via sts

Ring time: 15

Ui site:

North America: 1 NPA Mxx xxxx | NPA Nxx xxxx
International: 011 + <Country Code> + <Number

Reglstered endpolnts

b: Aastra 67311/3,2.2.3077

© | status as of 2013-10-16 08:24:34 GMT+0

22084, 02 82, 17:1034; trans port=udp
Socket: udp:82.113.147.220:3060

Explres: 2013-10-16 0922214 GMT+0

Last modified: 2013-10-16 08:22:14 GMT+0

+ Refresh Rogistered endpoints list G

Delete Updase

General Features Follow Me Security SIP Info
[ Active
Initial ring time: u} w  SeC.
30 Play announcerment
Murnbers:
Ring strategy: Ring &l v
Ring time: a0 c SEeC.
Destination if no answer: Hangup 57
Direct calls anly
Delete Updste Cancel
so mto @)

SIP account detalls

SIP Domailn: &, 5ip. 5517 net

SIP Username: 10001

SIP Password: secret < o

Dial Plan

84.92 6217013 gl

&R sPest .BI
S WTR Test .oJ
Cancel

To edit user settings click icon next to the user name in Users panel - see (1) in Figure 7.1 above. 1. General - You can edit Personal
details and Extension/Inbound number from this tab. 2. Features - You can edit features available to user such as: Call Waiting, DND,
Voicemail, Ring/Pickup Groups. 3. Follow Me - You can activate 'Follow Me' from this tab. 'Initial ring time' allows the incoming call to
ring at your phone for selected duration and then gets forwarded to the assigned number. 4. Click edit icon to change your
announcements settings: a. Here you can select which announcement should to be played. b. Click play button to listen to currently
selected announcement. c. Enter description of the file you want to add. d. Select an .mp3 file you want to upload. e. Click Upload
button. 5. Security - You can edit security settings such as password, user permissions, call monitoring from this tab. 6. SIP Info - from
this tab, you can get your SIP credentials to set up your soft or hard phone manually. You can run a SIP and MTR test from the button
'SIP Test' & 'MTR Test' to check connectivity with VolP Studio. You can refresh your Phone configurations by clicking on 'Refresh
Registered endpoint list' button located at bottom left side of the tab. 7. You can reset your password by clicking the refresh button.
Please make sure, if you have reset your password, you need to update that password to all your phones where the user account is set.
8. If you hoover your cursor here, you can check status of your endpoint along with last modified date. 9. SIP Test: This test helps to
understand if your SIP endpoints have registered properly. 10. MTR Test: MTR Test checks the connectivity of network. It checks
connectivity between endpoint and data centre. 11. By clicking on Refresh Registered endpoint list, you can refresh the

status of your endpoint.
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Import users

: Import users #

Create or update many accounts at once.

1. Make a list of user accounts

You'll need to create a CSV (comma separated value) file with the user account information, Spreadsheet programs like
Microsoft Excel or OpenOffice Spreadsheet make it easy to create and edit CSV files.

Your CSV file should be formatted as a table and must include a header, or first line, that defines the fields in your table.

The headers must include: "email”, "first name", "last name", "extension” and "password".

Opticnally you can add the following columns: "forum alias”, "rele™ (Administrator or Normal), "mobile”,
"CLI" (Caller Line Identification), "woicemail” (yes or now), "call waiting” (yes or now), "follow me" {yes or now).

See example below:

Mandatory columns Opt.
A T O F | c | o+ | 1
1 |email first name last name extension password forum aliasrole  mobile inbound num
2 |ismithi@example.com John Smith 1772 passi jsmith Mormal 448447
3 rbegg@example.com Tom Beag 1773 quess me asmith Mormal = 7855443233 448447
4 |idoz@exampla.com  John Doe 1774 pass3 Mormal

2. Choose update options

For each row in your file, this update will:
Create new accounts for usernames that do not yet exist. o

Update existing accounts with new names and passwords. 9

3. Upload list of user accounts in CSV format

Browse... 0

Upload and Continue: o

Cancel

Figure 7.4 User import.

To import users click gear icon 2! in top right corner of Users panel - see (3) in Figure 7.1 above - and select Import from the menu.
You will need to create a CSV (comma separated value) file with the user account information. Spreadsheet programs like Microsoft
Excel or OpenOffice Spreadsheet make it easy to create and edit CSV files. Your CSV file should be formatted as a table and must
include a header, or first line, that defines the fields in your table. The headers must include: "email", "first name", "last name",
"extension" and "password". Optionally you can add the following columns: "forum alias", "role" (Administrator or Normal), "mobile","CLI"
(Caller Line Identification), "voicemail" (yes or now), "call waiting" (yes or now), "follow me" (yes or now).

Export users

To export your users list to CSV (comma separated value) file click gear icon 2! in top right corner of Users panel - see (3) in Figure
7.1 above - and select Export from the menu.

25/68



8. Inbound numbers

() Inbound Numbers ?H@l-
2 add

@ 55 +44 560 372 8798
IWR: German ABC

(o 55 +44 845 591 3847
Ring Group: Support

(o 55 +44 845591 3648
AniBen

@ EI5+44 845591 3717
Queve: TEST

(o El5+44845591 3718
Mark Padwal

@ ElS+44 8455916358
John Smith

Figure 8.1 Inbound numbers panel.

Inbound numbers allow to make calls from traditional telephone network to your hosted VolP systems. We can assign telephone

numbers from more than 4000 cities around the world.

Add inbound number

) Inbound numbers 2H-

O © aud

Figure 8.2 Add inbound number.

To add an Inbound Number:

Add Inbound number

Geographical
Country:
Belgium
City:

050 - Bruges

Setup fee: E262x5=£1310
Monthly fee: £2.62x35=£13.10

Cuantity:
~
5 O

£ Add to basket| )

1. Click Add button in the Inbound numbers panel.

2. Select country and city in which your telephone number should be located.

3. Enter desired amount of number you want to purchase.

4.Click Add to basket button.

5. Click Checkout to complete the purchase process.

Close

j:? Basket

MNumber in Bruges
setup: £ 262
monthly: £ 2.62

& Checkout @

B58

Total:

26.20

26.20

Reset
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Edit inbound number

Inbound number 02088198786 Inbound number 02085198786

2%
(&) Inbound numbers 2|~ Target || Info Target || Info
& Add Current target: E164 number:  +448457158382
() 02088197188 Ring Group: St John Smith aall 2] Channels: 2 (@add O
$0m1%7m Not in use Monthly fee: £2.99

Cancel subscription e

0 Update Cancel Update Cancel

Figure 8.3 Edit inbound number.

To change Inbound Number settings:
1. Click on the icon next to the DDI number.

2. Select number's target which can be a User, Ring Group, IVR, Queue or a virtual Conference Room.
3. Click Update button.

To purchase additional channels (that will allow to answer more concurrent calls):

1. Use Add button.

If you not longer wish to use a DDI number:

1.Use Cancel subscription button.
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9. Queues

45 Queues *h=
© O Add
3
v Queue: Sales

e number: 700
umber: 0 845 469 6612

Ring i
Destination if no answer:
Woicemail: John Smith

Figure 9.1 Queues panel.

Queues allow to automatically distributes phone calls to a specific group of agents on the first come, first serve basis. Using VolP Studio
Control Panel you can adjust maximum queue times, toggle whether callers are told their queue position and average wait time.

Add Queue
Add Queue 2% Add Queue 2%
General Settings || Agent Settings 1 catler Settings || Members | General Settings || Agent Settings || Caller Settings || Members |
Inbound number: Agent announcement:
S ! o 0 dd di d drop fr d: d 9
3 To add number drag Toa rag and drop from Sounds window.
[ Prefix Caller ID with Queue name 9 and drop from the list =
on the right. _») 0O:00:00 Drop here to delete \Jj Reset
Number: 702 |@)
Language: Armerican English v Ring strategy: | Ring Al v @ [ ignore busy agents @
Music on Hold: System i Ring time: 15 = sec.) Retry time: |15 | 5| sec.@)
* IVR break out menu: MNone b
Wrap up time: | 0 2| sec. (10}
Destination if no answer: | Hangup S

[T allow to exit the Queue by pressing hash (%) key

| Add || Ccancel | | Add || cancel |
Add Queune ? ||% Add Queue 7 ||%
General Settings || AgentSettings || Caller Settings || Members General Settings || AgentSettings || Caller Settings Members
Caller announcement: Users:
To add users drag and drop them from the list above, @

To add drag and drop from Sounds window, m You can select multiple users with Ctrl/Shift keys.

) 00:00:00 Drop here to delete 1| Reset
Max callers: 0 c @ [ allow to join when no agents ‘B
Max wait time: | 0 c sec. @ [7] Prefix Caller ID with wait time @

D Announce position in the queue @ D Announce average wait ime m

Announcement frequency: |10 |5 sec.

| Add || cancel | | Add ||  Cancel |

Figure 9.2 Add Queues.

To create a new Queue click Add button located in top right part of Queues panel - see (1) in Figure 9.1 above. Next follow steps
below:
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General Settings

1. Enter Queue name - it will be used as Caller ID prefix if you select checkbox (2) below. Max up to 45 characters long and only
letters and numbers allowed.
2. Prefix Caller ID with Queue name - If enabled Caller ID will be prefixed with queue name to help agents identify which queue a
call is coming from.
3. Number - Agents will use the following dial codes to login and log out of the queue:
o Log in - 421# followed by queue number
° Log out - 422# followed by queue number
. Inbound number - (DDI) assigned to a queue.
. Language: British English, American English, Portuguese, Spanish.
. Music on-hold: Selectable by uploaded file.
. IVR break out of menu - Allows call to break out of original IVR.
. Destination if no answer: Allows send call to another queue, IVR or extension voice-mail.
9. Allow to exit the que by pressing #: Allows caller to exit queue.

o ~NOoO O

Agent Settings

1. Here you can set announcement played to the agent prior to connecting a call.

2. Ring Strategy when calling available agents.

3. Ignore busy agents: If enabled the system will not ring agents already on the call.

4. Ring Time: How long to ring each agent before we consider it time out.

5. Wrap up time: After a successful call, how many seconds to wait before sending a potentially free agent another call. Retry time
+ Wrap up time.

Caller Settings

Requires updating 10. After a successful call, how many seconds to wait before sending a potentially free agent another call. 11.
Announcement played to the caller prior to joining the queue. 12. Maximum number of callers allowed in the queue. 13. If enabled allow
callers to join the queue even when no agents are currently present. 14. The maximum number of seconds caller can wait in the queue.
15. If enabled Caller ID will be prefixed with total wait time in minutes. 16. Announce position of the caller in the queue. 17. Announce
average wait time in the queue. 18. How often to announce position and/or wait time. 19. You can drag and drop users you want to
assign in this Queue.

Edit Queue

To edit a Queue click on the icon located on the left side of the Queue name. See (2) in Figure 9.1 above.

Edit Queue - TEST 78X

L] Cail Log o
-

=

Genaeral Settings Agent Settings Caller Settings Members (2
9 L Agents Log )

Inbound number:
+44 845 501 3717

Name: TEST
Prefix Caller 1D with Queue name

Number: 701

Language: British English v
Music on Hold: System v
* IVR break out menu: None v
Destination if no answer: Hangup v

Aliow to exit the Queue by pressing hash () key

Delete Update Cancel

Figure 9.3 Edit Queue Settings.

Click on Settings gear located on top right corner of the Edit Queue window.

1.Click Call Log to see all logs.
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2.Click Agents Log to see agent logs.

Call Log
Queue TEST - Calls Log ) x
Date and time Caller ID Inbound Number Callers Agents Hold Time Talk Time Disposition
;9201 3-10-07 4:05:57 PM +44 208 742 2651 +44 845 591 3717 0 2 L] 0 Hangup
2013-10-07 4:03:52 PM +44 208 742 2651 +44 845 591 3717 0 2 17 0 Hangup
2013-10-07 4:00:48 PM +44 208 742 2651 +44 845 591 3717 1] 2 3 6 Connected
Queue TEST - Call Log - 2013-10-07 4:05:57 PM from +44 208 742 2651 to +44 845 591 3717 X
Date and time Agent Ring Time Talk Time Disposition
2013-10-07 4:05:57 PM  Anna Jones 9 0 Ringng ©
2013-10-07 4:05:57 PM Mark Padwal 9 0 Ringing
Close
Page 1 of1 | & Records 1-3 of 3
Close

Figure 9.4 Call Log

1. you can obtain Call logs with date & time, Caller ID, Inbound number and status of calls in this window.
2. Click on the Search icon to know more details.
3. Here you can see Agent names and other details.

Agents Log
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Queue TEST - Agents Log (1] x|

Date and time Agent Status User Agent IP address
20131007 15:00:00  Anna Jones °3 Agent added online Moziilar3.0 (X11; Ubunty; Linux x86_... 84.92.82.17
2013-10-07 15:00:00 Mark Padwal ) Agent added online Mozillar5.0 (X11; Ubuntu; Linux x86_... B84.92.82.17
1 o .
Page of 1 e Records 1-2of 2

Close

Figure 9.5 Agent Log

In this window, you can see online agents.
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10. Ring Groups

£& Ring Groups 2=
&) Add

& Ring Group: Sales

b d number: 05603733463
Mark Padwal, John Smith
Ring Al
30 sec.

Destination if not answered:
Woicemail: Mark Padwal

Figure 10.1 Ring Groups panel.

Ring Groups allow to link several extensions into a group with a single inbound

Add Ring Group

number (DDI) assigned to it.

Add Ring Group ix
= Name: Derrd [r—
& users Al Prefoc Prefi Caler ID vith Ring o @ =id+44 5603728798
i IVR: ABC
Name Email = Srmnend =
; Usars: & John Semith ’o:i i +44 845 591 3647,
E, Anna Jones ajones@example: - A s ¢ i Emis: 5ot :
J\‘.“ John Smith j.smith@example.c ¥ @ EE +44 845 501 3648
s Ani Ben !
i * ! =] »
g Ring strategy,, = — = @ EE+44845591 3707
. "R et o g Queue: TEST .*
Inbound number: 44 845 501 3647 {hy' ﬁg&%ﬁ;@f’gl 3718
7 2 —— e
(@) Inbound numbers 7l + ~ .3‘)_35 S Eaieis
2 2= *a «=*° IVR: German ABC
g Ring Groups ? Bt on Hikd: e e
o@ Add Destination i no answer: Voicermaiz AniBen| »
No Ring Groups found o o s

Figure 10.2 Add Ring Group.

To create a new Ring Group:

1. Click Add button located in Ring Groups panel.

2. Drag and drop users you want to assign to this Ring Group.

3. Drag and drop inbound number you wish to assign to this Ring Group.
4. Enter Ring Group name.

5. Click Add button.
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Edit Ring Group

£ Ring Groups 2l= Edit Ring Group - Sales 2 [x
) Add
. Name: Sales
@ 2" Ring Group: Sales _ CLI Prefix: (] prefix Caller ID with Ring
Inbound number: Not assigned
Members: Adam Kelly, John Smith Group:name
Strategy: Ring All Users: 2 AdamKelly
Ring time: 15 sec.
Destination if no answer: £, John Smith
Hangup
& o
Z." Ring Group: Support
Inbound number: +44 845 591 3647
Members: Mark Padwal, Anna Ring strategy: Ring All bt
Jones, Ani Ben
Strategy: Ring All Ring time: 15 : sec.
Ring time: 15 sec.
Destination if no answer: Inbound number: To add number drag and
Hangup drop from the list on the
right.
..
.7 Ring Group: test
Inbound number: Not assigned Music on Hold: System v
Members: Anna Jones, Mark
Padwal Destination if no answer: Hangup v
Strategy: Ring All
Ring time: 15 sec.
Destination if no answer: | Delete | update || cancer |

Hangup

Figure 10.3 Edit Ring Group.

To edit a Ring Group click on the icon located on the left side of the Ring Group name.
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11. Pickup Groups

Pickup groups allow users within the same group to answer each other calls. If a colleague's telephone is ringing, one can answer that

call by picking up one’s own set and dialing ** (star key twice), instead of walking to the colleague’s desk.

Add Pickup Group

A Pickup Groups 2l=
Q5 aa
.. Add Pickup Group 2 || 3¢
MName: 0
Users: -
&"' Users
Name Email E ;
8 Anna Jones a jones @example.o 4
'l'
2 John Sﬁl j.smithi@example.c P
G * -
- -
*ay | Add ° Cancel

Figure 11.1 Add Pickup Group.

To create a new Pickup Group:

1. Click Add button located in the Pickup Groups panel.

2. Drag and drop members of your new group from Users panel.
3. Enter a pickup group name.

4. Click Add button.

Edit Pickup Group

,': Pickup Groups L)
& Add

g Pickup Group: Sales
Members: John Smith, Anna Jones

Figure 11.2 Edit Pickup Group.

To edit Pickup Group settings click on the icon (1) located on the left to the group name.
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12. IVR

Interactive Voice Response system can respond with pre-recorded audio messages to further direct callers on how to proceed. IVR
systems can be used to control almost any function where the interface can be broken down into a series of simple menu choices. The

use of IVR and voice automation enables a company to improve its customer service and lower costs, due to the fact that callers'

queries can be resolved without the cost of a live agent who, in turn, can be directed to deal with specific areas of the service. If the
caller does not find the information they need, or require further assistance, the call is then transferred to an agent who can deal with

them directly.

() Inbound numbers 2H-
© add
\&".‘ 02088197188 Ring Group: S:
e, P
Sounds X {\Jg@BB‘IBB?BB Mot in use
Search:| sales X | 2| al hd ;:"
Transcription Dur.  Group ' S
For sales 1 no group 2] CELL 7%
Inside Sales 14 LA ] Name: Inbound number:
Chezide Seles 14 ‘nogow Y sales @ *.,_02088198786
Presales support 14 no group D] “-.___>
If this is an unsolicited sales or marketing cal, 6.7 no group ) o Allow extension dialing
Sales Floor 1.1 no group ]
Sales 0.8 no group ) R‘Eﬁ
Telesaless 1 no group k) . .
* = ‘.Fﬂay Duration: 00:00:00 Drop here to delete 11 | Reset
- - -
e S -
> " Timeout: Repeats: Destination if not answered:
Page| 1lorely bl | & Sounds 1 w8-cf8 E
e s s mweme= 10 3 Hangup v
Close
Dir Croups er VR menus be
3'5 Users U ) 2)
z John Smith= Ring Group:
MName Email E SalesE
2
& Anna Jones a.jones@example.« 4 f:\
+ T
2 Q'ln Smith j.smith@example.c ," ..
- " ’
Y e ’
] “ ,
~.‘ - = - - “
- an" -
el T I AEY L L -
= .
4 Ring Groups 71— o
-
&) add ol
-
- " >
o -
£ Ring Grﬂ:: Sales e
Inbound numbe™Q2068157158 =
- e
- John Smith, Kifg Sofies
: G Add Cancel

Figure 12.1 Add IVR.

To create a new IVR menu click Add button located in IVR panel and follow steps below:

1. Enter IVR menu name

2. Drag and drop Inbound Number you wish to assign to this IVR menu.
3. Compose your announcement by dragging and dropping sounds from Sounds window. You can also upload you own custom

announcement - see Sounds chapter below.

4. Assign targets to keypad digits by dragging and dropping: Users, Ring Group or other IVR menus (by chaining IVRs you can

easily create a multi-level menus).

5. Tick 'Allow extension dialling' if you want calls to be passed on user extensions.

6. Finally click Add button.
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Edit IVR

Edit TVR - ABC
Mame: Inbound number:
ABC +44 550 372 8798

Allow extension dialing

test

+) 00:00:10 Drop here to delete | Reset

Timeout: Repeats: Destination if no answer:

10 3 Voicemail: John Smith b

IVR. menus belown

2 & I &
John Smith Anna Jones
v & 5 6
Mark Padwal
7 8) 9
® 0 #
Delete Update Cancel

Figure 12.2 Edit IVR.

To edit IVR menu click on the icon located on the left to the menu's name.

15 Delow
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13. Conferences

5 Conferences HE

9 Conf. Room 1

r: 501

& conf. Room 2

502

Figure 13.1 Edit conference.

Edit Conf. Room 2

Inbound number:

Access code (PIN):

3462 @

O update

Cancel

) Inbound numbers ?|-
& Add

\,-ﬁ) 02088197188 Ring Group: S:

VolIP Studio comes with five Virtual Conferene Rooms. Each user can dial 50N where N is a number of a conference room (from 1 to 5)
to join the conference. For example to join Conference Room 1 please dial 501.

You can also assign Inbound Number(s) to your virtual Conference Rooms, so users of PSTN (traditional telephones) can dial into it. To

edit a Conference Room settings:

1. Click on the icon located on the left of Conference Room's name.
2. Drag and drop Inbound Number you want to assign to this Conference Room.
3. Enter four digit PIN code that will be required to join this Conference Room.

4. Click Update button.
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14. Phones

Here you can manage VolP phones assigned to your account. Once a VoIP phone is registered with your hosted PBX you will be able
to easily assign users to particular phone. All phones purchased via your Control Panel (see Buy chapter below) will be automatically
added to your account. It is also possible to add phones (selected models only) purchased from other vendors.

Buy

ﬁ Phones 2@ - okl Mt s Shop
D Add My Buyo
— = Balow 1 3 rrge of e Rudwee
= Aastra 67310 ﬂm'ﬂ:w::p
Mac: 00085d3adbf Mibhiass Gacon systom. T B0e.
Ani Ben et e o ket
Below:

=1 Cisco SPA303G
Mac: ccef485a865d

John Smith Desk Phones
& snomaTo
Zj=  Mac: 0004133a666e Conference Phones.
Mark Padwval
DECT Phones
ACCesTOones
Zy Basket 2=
J:y Vi Adaptors
Aastra 67310 a1 8300
Total: 83.00
% Checkout  @€) Reset

Figure 14.1 Buy phone.

To buy an Internet (VolP) phone:

Aastra 6731

Feataing 3 3 iné LD Suplary. 0 § T SUpams op 10§ Wdivan
Cal appearances, ofers Jcvanced XML CADALASy 10 S00ESS Cusiom
SppCateons and |5 Nl e rogeiabin W Waging . PR plasioms,

Aastra 6735

The &7 combines P srcepionsl e guaisy of D sudo with
poweriul eaares NG Beuliiny in & MG Based, Carmer grace
advanoed kvl wxpandable B helepfone

[T p—

Aastra 0737

Featantyy & Wt 148 » 521 piuel graphecal DaoarLC O gaglry, 1
prigrirerniy SRy SIAAS U 13 30 LNCISAS. 100 1LEP2rIng up
0§ Simuanecus. GaES. Tt 67371 1 ideally suted e ey eiephone
AR Wha NI ey 666 Keath leaturd iy Al & a4 Acreen B¢
ML Danwd programs

R moe

Aastra 673

Tha 6730 a0 i3 DOUpp Wi MUBple REASLH CONNMIION opB0m.
for g K i Beeeh i G 0P NG, diaad Gagalt
st 5 oar

e Rt s o iy Mo -4 Aot i 5 i

1. Click Buy button in Phones panel or Shop located in the header area.
2. Click Buy button next to the device you wish to purchase.

3. Click Checkout button to complete transaction.

Add

Add phone x
=] Phones o 2)-
5 import &3 Add % Buy
Model: Cisco SPA303G] ~ 0
MAC address: o
Name:

Figure 14.2 Phone add.

To add a phone purchased from the third party vendor:

1. Click Add button located in Phones panel.
2. Select your device model.

ads @) cancal

L8300
Y

20 mocy

L 175.00

1 i pack

L 34700

Ciose
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3. Enter your device MAC address - five groups of digits and letters separated by a colon sign for example: 00:1a:4d:5c:25:8d.
Usually printed on the label located at the back of the device.
4. Click Add button.

Once a supported devices is added to our system you can obtain auto-provisioning URL, enter it into device settings and manage the
phone via your web based control panel.
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Edit

=] Phones 2 [@)-

& Add % Buy

=1

Aastra 87311
Mac: 00085d3ad9bf
Ani Ben

2] Cisco SPA303G
Mac: ccef485a665d
John Smith

Snom 370
Mac: 0004133a856e
Mark Padwal

Figure 14.3 Edit phone.

To change user(s) assigned to a particular phone (or phone line) open phone's settings window:

Cisco SPA303G - ccef485a665d X

Profile URL:

[-key "mMBxHRh4"] http://p.ssl7.ne

Name:

Line 1:
John Smith

Line 2:
Adam Kelly

Line 3:
Ani Ben

D Delete this phone

Update

1. Click on the icon located on the left to Phone's name.
2. Select a user you wish to assign to this phone.

3. Click Update button.

Cancel

After a short while device will obtain new configuration profile from VolP Studio central provisioning server and re-assign phone lines

accordingly.
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Import

=] Phones HOE
5| Import o

[[] Search k

= Aastra 6731
Mac: 00085d3a
Mot assigned.

Cizco SPA303G
Mac: ccef485a665d
John Smith

[¥]

Snom 370
Mac: 0004133a656e
Mark Padwal

nriﬁ]

[

Figure 14.4 Phone import.

Impert phones

Import many phones at once.

1. Make a list of phones

You'll need to create a CSV (comma separated value) file with the user account information.
Spreadsheet programs like Microsoft Excel or OpenOffice Spreadshest make it easy to create
and edit CSV files.

Your C3V file should be formatted as a table and must include a header, or first line, that defines
the fields in your table.
The headers must include: "mac address”, "manufacturer” and "model™.

See example below:
A | B | E | D
1 |mac address manufacturer model
2 |00:50:56:c0:00:01 |Linksys SPA342
3 |00:50:56:c0:00:08 |Linksys SPAI2 @)
4 |00:10:18:18:70:8 |Linksys SPAJE2

2. Upload list of phones in CSV format
| Browse... | o

| Upload and Continue | ()

| Close

To import many phones purchased from a third party vendor at once:

1. Click Import button located in Phones panel.
2. Prepare a list of phones you want to import as a .CSV (Comma Separated Value) file. Your file must include the following

headers: "mac address

manufacturer” and "model".

3. Select the file you want to upload.
4. Click Upload and Continue button.

Factory Reset

If you have not purchased the phone from VolP Studio, it is always best to perform a factory reset to avoid any misconfiguration.

Aastra
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Figure 14.5 Aastra - Factory reset

1. Press the settings key of your phone.
2. Scroll to Admin menu.

3. Provide password ( by default 22222 ).
4. Scroll down.

5.Factory Default.

6. Press Enter.

Cisco PAP2 Adapter

Figure 14.6

1. Dial **** from your phone.
2.Dial 737384,
3. Dial 1.

Cisco SPAXXX

Figure 14.7 Cisco - Factory reset

1. Press Settings button in phone.
2. Scroll down.
3.Press Factory Reset [Number 14] and press enter.

Polycom

4268



Figure 14.8 Polycom - Factory reset

. Click on Menu,

. Scroll down to Settings.

Press ok.

. Scroll down to Advanced,

Press ok.

Type password, by default 456.

Press ok to Admin Settings.
.Scroll down to Reset to Defaults,
. Press ok.

CEONDOAWN

SNOM

Figure 14.9 SNOM - Factory reset

Please press: Volume up + Volume low — #

Yealink
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Figure 14.10 Yealink - Factory reset

1. Press Settings button in phone.
2. Scroll down.

3. Press 3 for Settings.

4. Press 2 for Advanced.

5. Type your Password,

6. Scroll down.

7. Select 5 for Reset Factory.

8. Press ok.

Find phone IP Address

You will need to enter IP Address http://URL where URL stands for IP Address of your phone which can be found below.

Aastra

Figure 14.11 Aastra - Find out phone IP

1. Press settings key in the phone.
2. Scroll down the menu and select Phone Status.
3. Press Enter,
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http://URL

4. Press Enter to IP&MAC Addresses,
5. Here you can see IP&MAC Addresses of the phone.

Cisco PAP2 Adapter

Figure 14.12 Cisco PAP2 - Find out IP

1. Dial ****,
2.Dial 1104,
3. Your IP address would be prompted.

Cisco SPAXXX

Figure 14.13 Cisco - Find out phone IP

1. Press Settings button in phone.
2. Scroll down.

3. Select Network [Number 9].

4. Find your IP Address here.

Polycom

.ﬁ, POLYCOM

ﬂ POLYCOM

ﬁ, POLYCOM

ﬂ POLYCOM

bl Metwork

1 TCP/IP Pararneters..

2 Ethernet...

Figure 14.14 Polycom - Find IP address
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Please follow steps shown above to find out current IP address assigned to your Polycome phone.

SNOM

1 efer.en--:-;

2 Call Features

3 Iden
et 3]

Figure 14.15 SNOM - Find out phone IP

1. Press Settings button in phone.
2. Scroll down.

3. Select Network [Number 4].
4.Press enter.

5.Select IP settings.

6. Press Cancel for DHCP.

7.Find your IP here.

Yealink

Figure 14.16 Yealink- Find phone IP
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1. Press Settings button in phone.
2. Press ok.
3. Find your IP here.

Auto provisioning

Cisco SPA303G - ccef485a665d *

=} Phones HOE

@ Add % Buy
= 0 Profile URL:
fi 1 astra 6731 o " " -
e CDNRE Bt [key "mMBxHRh4"] http://p.ssi7.neE)
Mo ned. Name:
= Cisco SPA303G
Mac: ccef485a665d
John Smith Line 1:
& Snom 370 v
2j=  Mac: 0004133a666e )
Mark Padwal Line 2:
b
Line 3:
v
Update Cancel

Figure 14.17 Phone Profile URL.

Selected models of VoIP phones can be centrally managed via your VolP Studio admin panel thanks to auto provisioning feature.
Phones purchased from VolP Studio will be automatically added to your admin panel and set up for auto provisioning. To enable auto
provisioning of phones from other vendors you will need to obtain Profile URL -see (2) in Figure 14.6 above and follow instructions
for your device which can be found below.

Aastra
If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

Firmware Version

Status
0 Syslem Information System Information
Operation
User Password Network Status
Phorie Lock Attribte LAN Port PCPoit
Programmable Keys Link State up Down
K?ypad Spesn il Megotiation A Auto
Directory
Resal Spead 100Mbps 10Mbps
Basic Seftings Duplex Full Half
Freferences
Account Conflguration Hardware Information
Advanced Settings Attribie
Metwork MAC Address:
Global SIP Platfarm
Ling 1
Ling 2 Fitinware lifodimation Select Al
Line 3 Attribute Value Evint
Line 4

2604007

Figure 14.18 Aastra phone auto provisioning - MAC address
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To auto provision Aastra phone login into web interface of the device and follow steps below:

1. Click System information link in the left sidebar.
2.Copy MAC Address into a clipboard.

Status
Systern Information Configuration Server Settings
Cperation
Uzer P, rd "
FhonaLock Download Protocol wre v @)
Frogrammahle Keys
Keypad Speed Dial TFTE Saver
Directory TFTP Path
e Azt ate Server 0.0.00
Basic Settings
Frafarentes Alarate TETP Path
Account Configuration Use Afernate TFTP [ enablea
Advanced Settings FTP Server
Metwrark
Global SIP FTP Path
Line 1 FTP Usernamg
t::z; FTF Passwond
Line 4 HTTP Server p.ssi7.net 6
Line 5 HTTP Patn 00-08-50-2C-84-D2 )
Line &
Lina 7 HTTP Paort &0
Line 8 HTTPS Sermer
Line 9
P
Action URI HITRE P
OConﬂguratinn Servar HTTPE Port
Firmware Lipdate
TLS Support Auto.Rasync
802.1x Support Mode Mone ~
Y Time (24-hour) 00:00 ¥
Maximum Drelay 15
Days ]
XML Push Server List{Approved IP Addresses)
Save Settings

Figure 14.19 Aastra phone auto provisioning - Configuration Server

1.Click Configuration Server link in the left sidebar.
2.Select HTTP as Download Protocol,

3.Enterp.ssl7.net into HITP Server field.
4. Paste MAC Address copied in step 2 into HTTP Path field.
5. Click save Settings button.

System Information Reset
Operation
User Password Phone
AR A Restan Phone Restart ]
Frogrammable Keys
Ef"";::rf“ EHEL Current Settings
Il
© reset Restore To Factory Defaults
Basic Settings Remove Local Configuralion Setiings
Freferences

Figure 14.20 Aastra phone auto provisioning - Reset

1. Click Reset link in left sidebar.
2. Click Restart button.

After a short while your Aastra phone will reboot and obtain configuration data from VolP Studio provisioning service.
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Cisco PAP2 Adapter

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

LINKSYS®

A Division of Cisco Systems, inc. Fimware Version: 3.1.15]LS)

Phone Adapter with 2 Ports for Volce-Over-IP PAP2

Voice >
Info System SIP | Provisioning Regional Line1 Line2 WUser1 User2

Basic View [switch to advanced view) 2 1 Admin Login

Con ion Profile

Provision Enable: |-yes vnl (4] Resync On Reset: | g..res -~ | @
E:f:;-!c REndon 12 Resync Periodic:

E:ﬁ‘;—!c EmorRery Forced Resync Delay: [

Resync From SIP: |£| Eﬁ;.;yr::t:ﬁﬂer Hpgrade Iyes—vl
Resync Trigger 1:

Resync Trigger 2:

Resync Fais On FNF: | yes = |

Profile Rule: [-+ey “secret’] hitp:l/p.ssi7.netsMA @

Profike Rule B: ' o

Profile Rule C:

Profile Rule D:

Log Resync Request

Msa: SPM $MAC -- Requesting resync $SCHEME://$SERVIP:SPORTSPATI

Figure 14.21 Cisco PAP2 Adapter auto provisioning

To auto provision Cisco PAP2 login into web interface of the device and follow steps below:

1.Click Admin Login link at the top of the page.

2. Click Advanced link at the top right part of the page.

3. Select Provisioning tab at the top.

4. Make sure Provision Enable js setto Yes.

5. Make sure Resync On Reset js setto Yes.

6. Copy and paste your Profile URL (see (2) in Figure 14.6 above) into field (6).
7.Click Save Settings button.

After a short while your Cisco VolP adapter will reboot and obtain configuration data from VolP Studio provisioning service.
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Cisco SPAXXX

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described
in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

This instructions apply to all Cisco SPAXXX service devices.

IP Phone SPA525G

Cisco Systems, Inc.

Bluetooth Personal Address Book Call History Speed Dials Firmware Upgrade

—'-‘m!" ibesic jyehvenced

SPAS32 Status

|Configuration Profile

:Prmrision Enable: yes jo Resync On Reset: yes je
|Resync Random Delay: 2 Resync Periodic:

:Resvnc Error Retry Delay: Forced Resync Delay:

|Resync From SIP: yes j Resync After Upgrade Attempt: yes j

|Resync Trigger 1:
|Resync Trigger 2:

|Resync Fails On FNF: yes j

|Profile Rule: [key “secret’] hitp.i/p.ssI7.net/SMA 0
\Profile Rule B:

Profile Rule C:

{5 P e

| Undo All Changes | | Submit»ﬂtllC.hangesai

Figure 14.22 Cisco SPA525G auto provisioning

To auto provision Cisco SPAXXX login into web interface of the device and follow steps below:

.Click Admin Login link at the top of the page.

. Click Advanced link at the top right part of the page.

. Select Provisioning tab at the top.

.Make sure Provision Enable js setto Yes.

.Make sure Resync On Reset is setto Yes.

.Copy and paste your Profile URL -see (2) in Figure 13.6 above - into field (6).
.Click Submit All Changes button.

~NOoO O WN =

After a short while your Cisco phone will reboot and obtain configuration data from VolP Studio provisioning service.
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Grandstream HandyTone 286

Grandstream Device Configuration

Onhook Threshold: | 800ms v
FXS Impedance: |gooohm (Morth America)
o aPecify hefresner: Al Uaos (When UAL did not specily refresher tag)

Farce INVITE: Yes ® No (Always refresh with INVITE instead of UPDATE)

Firmware Upgrade and Upgrade Via TFTP @ HTTP ©
Provisioning: Firmware Server Path:
Configure Server Path: [p.ssi7.net @)
Firmware File Prefix:
Firmware File Postfix:
Config File Prefix:

Disable Line Eche Canceller

:LEC}l: ¥ No Yes (If set Yes, echo canceller is not used)
Disable voice prompt: @ No Yes (voice prompt is disabled if set Yes)
O Update | | cancel Reboot

Figure 14.23 Grandstream HandyTone 286 auto provisioning

Firstly you need to find out IP address assigned to your HandyTone 286 device. Pick up the handset and press the button on the

HT-286 or dial *** to use the IVR menu. Next dial 02 and note IP address provided.

To auto provision Grandstream HandyTone 286 login into web interface of the device and follow steps below:

1.Click Advanced Settings 2 tab at the top of the page.
2. Select HTTP provisioning method.

3.Enter p.ss17.net as Configuration Server Path.

4. Click Update button at the bottom of the page.

After a short while your Grandstream adapter will reboot and obtain configuration data from VolP Studio provisioning service.
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Snom

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described
in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

Advanced Settings

_—-"—f

Operation

Home Network Behawior Audio SIP/RTP DoS/Security Update 9

Directory Update:
Setup P

e Update automatically L3

Preferences (5)

Speed Dial Setting URL: [https /1361a42c3074e117081321] @ @

Flnction Keys Settings refresh timer: |36EIEI | @

Identity 1 -

= ft\’r Subscribe Config: on @orr @

ldeniity: PnP Config: G.)on off @

Identity 3

ldenun Save Reset Reboot

Action URL Settings

Advanced o

Certificates o _ _ _ _

Software Update By CIIEkllj.g on.the Load button below the phone t_-\llll RE!‘:ET its settings, load the new settings from
Eiak the specified file and reboot. So all current settings will be lost!

us

System Information

Log Upload Setting File manually: I— Browse...
SIP Trace Load

DNS Cache

Subscriptions

PCAP Trace Load TROG9 Parameter Map Manually: I Browse...

Memary Load
Settings
Manual

Load Dialplan XML Manually: | Browse...

snom -

Figure 14.24 Snom phones auto provisioning

To auto provision Snom phone login into web interface of the device and follow steps below:

1. Click Advanced link in the left sidebar.

2. Select Update.
3. Make sure Update Policy is setto Update automatically
4. Copy and paste your Profile URL (see (2) in Figure 13.6 above) into field (4).

5. Click save button.

After a short while your Snom phone will reboot and obtain configuration data from VolP Studio provisioning service.
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Yealink

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

Custom Option{128 ~ 254) [ i NOTE
‘Custom Option
LT CRIOIETER \sting  ~| @ _ Specify the DHCP Option that
URL [http://p.si7.0et (€D (7] you want to use for
" = provisioning. Refer to Auto
Account Q Provision Manual for detalls
= = 9 about provisioning.
Common AES Key secret1234abed | @ AES Key
= It is provided by ISP.
MAC-Oriented AES Key secret123dabed (7]
: = Click this button to auto
Zero Active | Disabied x| @ provision Immediately
Wait Time(s) 5 (7] Click this button to auto
[provision Immedlately.
PNP Config (oisbes  ~| @
Export/ Import
Check New Config Power on - @ ConfigExpart the
S, - conflguralon files to backup
ic 5 button to auto provision 1 : ] the setti and could Import
Aute pravision =
immediately G " P = o all the satfings after reset.
Export/ Import Config | srowse... | @ o
Import Export export the system log, Local
or Server.
Export System Log ca  ~ @
Expart
PCAP Trace Start Bpot | @
[ Confirm 0 [Cancer |

Figure 14.25 Yealink phone auto provisioning

To auto provision Yealink phone login into web interface of the device and follow steps below:

1. Click Upgrade tab at the top of the page.

2. Click Advanced link at the top.

3.Enter http://p.ssl7.net as Configuration Server Path.

4. Enter AES Key into Common AES Key and MAC-Oriented AES Key fields.
5. Click Confirm button at the bottom of the page.

6. Click Auto provision button.

After a short while your Yealink phone will reboot and obtain configuration data from VolP Studio provisioning service.
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Manual configuration

| Edit user John Smith

&'} Users
Name Email Exter DL
5 Anna Jones ajones@ex 2001 01
ql?. Adam Kelly akely@exa 2002
8 Mark Padws m.padwal@ 2003 08
Qg John Smith  jsmith@exa 2000

Figure 14.26 SIP account details

General Advanced Security SIP Info

SIP account details

SIP Domain  eusip.ssi7.net §)
SIP username 10001 @)
SIP Password  secret @

Registered endpoints

Assigned endpoints

Delete Update: Cancel

Below you will find instructions how to configure popular SIP phones with VolP Studio service. Before you begin you will need to obtain

SIP account details:

1. Click icon next to the name of the user you want to set up phone for.

2.Select SIP Info tab.

Use SIP username, password and domain (3,4,5 in the Figure 11.1 above) to configure your device.

54/ 68



Aastra

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described
in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

1.

Please upgrade your Firmware from below link-

http://www.aastra.com/document-library.htm?curr_nav=2&curr_fam=Aastra+6730i&prod_id=6167

Steps:

-

-

Login to your phone via web browser

Firmware Update

write the exact file name you downloaded with extension [ for example 6731i.st ]
Select protocol, Server IP and port as required

Download Firmware

. Factory reset:

Press the settings key of your phone
scroll to Admin menu

provide password ( by default 22222 )
scroll down

Factory Default

Enter

. Manual Configuration

Find your phone IP, and log in to your Phone [ by pasting the IP on your web browser ]

Configuration Server

* HTTP server [p.ssl7.net]

-

HTTP path [ MAC Address] ]

save settings
Line 1

phone no, caller id, authentication name [ SIP user name ]
password [ SIP Password ]

Proxy server, back up proxy server, outbound proxy server, back up outbound proxy server, Register server, Back up register

server[ SIP domain you can view in your web portal ]
all sip port : 5060
save settings

. Reboot your phone.

Cisco PAP2

If your phone was purchased from VolIP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described
in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.
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LINKSYS®

A Division of Cisco Systems, Inc.

Fimware Version: 3.1.15[LS)

Phone Adapter with 2 Ports for Voice-Over-IP PAPZ

Voice 2

Infe System SIP Regional | Line 1

Basic View (switch to advanced view)

Ans Cal Without Reg: | no = |

Subscriber Information

| Ling Enable: | yes = |
SIP Settings
| SIP Port: 5060
Proxy and Registration
Proxy: eusipssi7.net @
Make Call Without |
Reg: |no =

Display Name: John

Password: RREERERRRRR R o

Auth ID: '
Subscription

Call Waiting Serv: yes v

Line2 User1

Register:

Register Expires:

User ID:
Use Auth ID:

Black CID Serv:

User2

1 Admin Login

| yes v“l

3600

[10001 @

[no =]

ves w

Figure 14.27 Cisco PAP2 configuration

To configure Cisco PAP2 adapter to work with VolP Studio service login into web interface of the device and follow steps below:

1. Click Admin link at the top.

2.Select Line 1 tab.

3. Enter your SIP domain into field (3).
4. Enter your SIP username into field (4).
5. Enter your SIP password into field (5).
6. Click Save Settings.

After a short while Cisco PAP2 adapter will connect to VolP Studio servers and you will be able to start making and receiving calls.
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Cisco SPA525G
If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

IP Phone SPA525G

Cisco Systems, Inc.

Wi-Fi Bluetooth Personal Address Book Call History Speed Dials Firmware Upgrade
2
SPA_‘JS\Z Status Admin Login ~ basic | adv:mced
General
Line Enable: YES j
NAT Settings
MNAT Mapping Enable: no j NAT Keep Alive Enable: no j
SIP Settings
SIP Port: 5060 SIP Debug Option: none j
Call Feature Settings
Message Waiting: no j Default Ring: 2 j
Mailbox ID:
Proxy and Registration
Proxy: eu.sip.ssl7.net o Register: yes j
Make Call Without Reg: no j Register Expires: 3600
Ans Call Without Reg: no j
|Subscriber Information
Display Name: Alan Jones User ID: 10001 o
Password: e 0 Use Auth ID: no j
|Auth ID:
Audio Configuration
Preferred Codec: G711a j Use Pref Codec Only: no j
Second Preferred Codec: Unspecified j Third Preferred Codec: Unspecified j
Silence Supp Enable: no j DTMF Tx Method: Auto j

| Undo All Changes | Submit»ﬂ\llC.hanges..G

Figure 14.28 Cisco SPA525G configuration

To configure Cisco SPA525G phone to work with VolP Studio service login into web interface of the device and follow steps below:

1. Click Admin link at the top.

2.Select Ext 1 tab.

3. Enter your SIP domain into field (3).

4. Enter your SIP username into field (4).
5. Enter your SIP password into field (5).
6. Click Submit All Changes.

After a short while Cisco SPA525G phone will connect to VolP Studio servers and you will be able to start making and receiving calls.
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Gigaset A580

Home Settings o Status
IP Configuration IP Connection
Telephony 9

Name / Provider Suffix Status

- 1. VolP #1 Reagistered Edit
Audio Other Provider L)

ot B
Home Settings Status
IP Configuration 1. IP Connection
Telephony You can replace the default name with a name or the actual
phone number to distinguish this connection.
Audio Connection Name or \VaolP
Number Assignment BT 2R
Auto Configuration
Call Forwarding If your provider has issued you with a configuration code, you
Dialling Plans can use itto start the automatic connection configuration here.
Network Mailbox Auto Configuration Code:
Advanced Settings
Start Auto Configuration
Messaging
Info Services Provider:  Other Provider Select VoIP Provider
= Personal Provider Data
Miscellaneous Authentication Name: I-mggg 0
Authentication password: I»wuu o

Username: |10000 o
DisplaynamesSil10000 )

Show Advanced Settings () |

General Provider Data
Domain: - [aysip.ssl7.net @@

Proxy server address: |eu.5ip.ssl?.net o

Proxy server port: I 5060

Registrar server: |eu.5ip.ssl?.net o

Registrar server port: 5060

Registration refresh time: 180 sec

i

Network

STUN enabled: ves @ No

STUN server:

STUN paort: I 3478
STUN refresh time: I 240 sec
NAT refresh time: I 20 sec

Cutbound proxy mode: Always ® auto ) Never

Outbound proxy:

Outbound proxy port: I 5060
Set GJ Cancel Delete

Figure 14.29 Cisco SPA525G configuration

To configure Gigaset A580 phone to work with VolP Studio service login into web interface of the device and follow steps below:

1. Click Settings tab at the top.

2. Select Telephony and Connections from the menu on the left.
3. Click Edit button.

4. Enter your SIP username into fields (4).

5. Enter your SIP password into field (5).

6. Click Show Advanced Settings button.

7. Enter your SIP domain into fields (7).
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8. Click Set button.

After a short while Gigaset A580 phone will connect to VolP Studio servers and you will be able to start making and receiving calls.

Polycom
If your phone was purchased from VolIP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

POLYCOM SoundPoint IP Configuration

Line Parameters: i

Line 1 Line 2

Display Hame || 10000 é
address | 10000 €

Authentication User 1D § 10000

Authentication Password | sse (&)

Label [|2000 )

Type

Third Party Name

Mumber Of Line Keys

Calls Per Line

Server 1

Address amn_sip.ssl?.naé
Pert || 5080

Transport j| UD F'Dhl!f E

Expires

Reqgisier

Retry Timeout

Relry Maximum Count

Line Seize Timeout i

Server 2

Message Center

Subscriber

Callback Mode | Registration =

Callback Contact

top Submit G

Figure 14.30 Polycom - SIP account settings

To configure Polycom phone to work with VolP Studio service login into web interface (default username: Polycom, default password:
456) of the device and follow steps below:

1. Click Lines link in the top menu.

2. Enter your SIP username into fileds (2).
3. Enter your SIP password into filed (3).
4. Enter your extension into field (4).

5. Enter your SIP domain into field (5).

6. Click Submit button (6).

After a short while Polycom phone will connect to VolP Studio servers and you will be able to start making and receiving calls.
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Snom

If your phone was purchased from VolP Studio, it has been already pre configured and there is no need to provision it. Please refer to
Phone edit section to assign extensions. If your phone was not purchased from VolP Studio, please perform a Factory Reset described

in Factory Reset section above and Firmware upgrade.

You can obtain your phone IP by following the steps described in Find phone IP section above.

Configuration Identity 1

Operation
Home
Directory

Setup
Preferences
Speed Dial
Function Keys
Identity 1 @
Identity 2
Identity 3
Identity 4
Action URL Settings
Advanced
Certificates
Software Update

Status
System Information
Log
SIP Trace
DMS Cache
Subscriptions
PCAP Trace
Memaory
Settings

snom

Login  SIP  NAT
Login Information:
Identity active:
Displayname:
Account:

Password:

Registrar:

Outbound Proxy:

Failover Identity:

Authentication Username:

Mailbox:
Ringtone:

Custorm Melody URL:

Display text for idle screen:

Ring After Delay (sec):
Record Missed Calls:
Record Dialed Calls:

Record Received Calls:

Save Re-Register Play Ringer

Remove Identity Remove All Identities

Figure 14.31 Snom manual configuration

To configure Snom phone to work with VolP Studio service login into web interface of the device and follow steps below:

1.Click Identity 1 link in the left menu.
2. Enter your SIP username into filed (2).
3. Enter your SIP password into filed (3).
4. Enter your SIP domain into fields (4).

5. Click save button.

After a short while Snom phone will connect to VolP Studio servers and you will be able to start making and receiving calls.

Yealink

@on off @

[John Smith | @

[10001_ @) | @

[oeeee @ | @

[eusip.ssi7.net @) | @

[eusip.ssi7.net @) | @
None - @

| @

| | &
Ringer 1 v

| | @

| @

C @
®on off @

@on Cloff @

@on Cloff @

* While doing manual configuration, it is always best to perform a Factory Reset described in Factory Reset section above. You

can obtain your phone IP by following the steps described in Find phone IP section above.

To configure Yealink phone to work with VolP Studio service login into web interface of the device and follow steps below:

1. Upgrade Firmware from below link -

http://www.yealink.co.uk/downloads/

Follow below Steps:
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N

. Login to your phone via web browser
.Upgrade
. Browse the Firmware you downloaded

.upgrade

. Manual Configuration

Account

Account Active (ON)

Register Name, User Name ( SIP ID, you can find it in your VolPdito web portal -> Administrator -> User -> SIP Info )
Password ( SIP Password )

SIP Server, Outbound proxy server, Backup Outbound proxy server ( Domain name you can find it in your VolPdito web portal )
port number for these servers 5060

Enable Outbound Proxy server

Confirm

. Reboot your phone.

61/68



15. Network configuration

IP Addresses

If your network is protected by firewall which restrict outbound traffic please ensure you allow the following addresses and ports
combinations:

North America

* Ports TCP/UDP 5060,5566 (SIP Signaling): 97.107.141.97
* Ports UDP 10000-20000 (RTP Audio): 66.228.45.12, 50.116.53.144, 66.228.44.117, 23.92.17.107

Europe:

* Ports TCP/UDP 5060,5566 (SIP Signaling): 82.113.147.229
¢ Ports UDP 10000-20000 (RTP Audio): 109.233.112.91, 109.233.119.234, 109.233.112.111
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16. Getting Help

&' SupportCentre L

&3 Submit Ticket

Context-sensitive Help
Cortext-sensitive Help is
available for every panel and
window. Click on the guestion
mark in the top right corner to
access the Help. A separate
Help topic will then open with
important information.

? | The guestion mark can
always be found in top right
corener.

Figure 16.1 Help panel.

Submit ticket

Submit support ticket FIES
Reason for your ticket: General support v o
Priority: Medium v G
Subject: Toll Free Number (3]

Mention details of your licket:
Hi,

How to get a Toll Free number in USA?

Thanks, a

John

Attachments

File to attach: Browsa... o

& Add more

When you press the submil bullon, a reference number will be allocated to the tickel and iL will be
sent directly to our suppord team. Please use this reference number when refeming to your ticket in
the future,

submit @) cancal

Figure 16.2 Submit support ticket window.

To submit a ticket click "Submit ticket" button located in Help panel - see figure 15.1. Next select your ticket type, from the drop down list
(1) and enter details of your problem into text area (2). Finally click Submit button (3).

View your tickets

| Your tickets

Created at Ticket I Content Status
2009-08-2510:26:25 1000 o Hew can | obtain additional inbc  Awaiting User response Replye Close 0

Page Tlett| b bl | Q2 Tickets 1 - 1 of 1

Close

Figure 16.3 Your tickets window.
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To view your tickets click gear icon 2! located in top right corner of Help panel. Next select & Teurtickets from the context menu. To
view history of all messages, click ticket ID link (1) .
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Reply to ticket

Reply to ticket ID 1000 *

Message:

'y
Date: 2009-08-25 10:38:18 r
Posted
by: Alan Kelly

Please click "Add” butten located in top right comer
of “Inbound numbers” panel. Next you will need
to select country and city from the drop down list.

Message:
Please don't hesitate to contact us if you need
any more help.
Date: 2009-08-25 10:26:25
'y
Posted by: John Smith b

Reply 9 Cancel
Figure 16.4 Ticket reply window.

To post a new message click Reply link - see (2) in figure 16.3. Next enter content of your reply into text area (1) and click Reply

button (1). Once you are satisfied with the solution provided by support team, you can close your ticket by clicking Close link - see (3)
in figure 16.3 above.
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Remote Support

File Download - Security Warning E

Do you want to run or gave this file?

Mame: TeamViewsldS_en.exe
Type: Application, 2.56MB

From: downloadeul teamyiewer.com

Bun ol Save

Cancel

_. While files from the Intermet can be useful, this file type can
| | ;
potentially harm pour computer. [f you do nat tust the source, do not
=

=" un or save this software. What's the risk?

) Remote Support

= o |

%

An engineer will connect to your desktop
soon. Please copy and paste into your
Support Ticket the following 1D:

Your |0 @) Password ()
B3 123456789 N % 1406
@ Ready to connect (secure connection)

www teamviewer.com

Figure 16.5 Remote Support application.

In some cases a support engineer may need to establish a remote connection with your computer in order to conduct further

| Reply to ticket ID 1000

Message:

Hi, please find bellow remate sesion 1D and password numbers:

ID: 123 456 789, password: 1406

Date:

Posted
by:

Message:

Date:
Posted by:

2009-08-25 10:38:18

Alan Kelly

To inwestigate this issue further one of our engineers would
need to connect to your deskiop remotelly. Can you please
dowmioad and run owr suppont application and let us know
session |10 and password numbers?

2009-08-25 10:26:25

John Smith

Reply a Cancel

investigation or troubleshooting of the problem. To allow for that please:

1. Download and run our remote support program using a link provided by a member of our support team.

2. Copy and paste session ID - see (2) in figure 16.5 above into Support Ticket.
3. Copy and paste password (3) into Support Ticket.

4. Click Reply button (4).

After a short while an engineer will establish a connection with your PC.
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17. Glossary

Call forwarding

See Follow Me below.

Call pick-up

Call pick-up is a feature used in a telephone system that allows one to answer someone else’s telephone call. The “call pick-up” feature
is accessed by pressing a preprogrammed button (usually labelled "Pick-Up"), or by pressing a special sequence of buttons on the
telephone set

Call transfer

A call transfer is a telecommunications mechanism that enables a user to relocate an existing call to another telephone or attendant
console by using the transfer button and dialing the required location. The transferred call is either announced or unannounced.

Call waiting

Call waiting (or catch phone in Japan), in telephony, is a feature on some telephone networks. If a calling party places a call to a called
party which is otherwise engaged, and the called party has the call waiting feature enabled, the called party is able to suspend the
current telephone call and switch to the new incoming call (Typically, this is done by pushing the flash button), and can then negotiate
with the new or the current caller an appropriate time to ring back if the message is important, or to quickly handle a separate incoming
call.

DDI

See DID below.

DID

Direct Inward Dialling (DID), also called Direct Dial-In (DDI) in Europe, is a feature offered by telephone companies for use with their
customers' PBX systems, whereby the telephone company (telco) allocates a range of numbers all connected to their customer's PBX.
As calls are presented to the PBX, the number that the caller dialled is also given, so the PBX can route the call to the desired person or
bureau within the organization.

Follow Me

Follow Me (call forwarding or call diverting), in telephony, is a feature on some telephone networks 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. Up to 4 numbers can be added in Follow Me option for call forwarding.

Hosted PBX

A hosted PBX system delivers PBX functionality as a service, available over the Public Service Telephone Network (PSTN) and/or the
internet. Hosted PBXs are typically provided by the telephone company, using equipment located in the premises of the telephone
company's exchange. This means the customer organization doesn't need to buy or install PBX equipment (generally the service is
provided by a lease agreement) and the telephone company can (in some configurations) use the same switching equipment to service
multiple PBX hosting accounts.

Instead of buying PBX equipment, users contract for PBX services from a hosted PBX service provider, a particular type of Application
Service Provider (ASP). The first hosted PBX service was very feature-rich compared to most premise-based systems of the time. In
fact, some PBX functions, such as follow-me calling, appeared in a hosted service before they became available in hardware PBX
equipment. Since that introduction, updates and new offerings from several companies have moved feature sets in both directions.
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Today, it is possible to get hosted PBX service that includes far more features than were available from the first systems of this class, or
to contract with companies that provide less functionality for more simple needs.

IVR

In telephony, interactive voice response, or IVR, is a phone technology that allows a computer to detect voice and touch tones using a
normal phone call. The IVR system can respond with pre-recorded or dynamically generated audio to further direct callers on how to
proceed. IVR systems can be used to control almost any function where the interface can be broken down into a series of simple menu
choices. Once constructed IVR systems generally scale well to handle large call volumes.

Music on Hold

Music on hold (MOH) refers to the business practice of playing recorded music to fill the silence that would be heard by telephone
callers who have been placed on hold. It is especially common in situations involving customer service.

PSTN

The public switched telephone network (PSTN) is the network of the world's public circuit-switched telephone networks, in much the
same way that the Internet is the network of the world's public IP-based packet-switched networks.

Queue (ACD)

Call centers use an Automatic Call Distributor (ACD) Queues to distribute incoming calls to specific resources (agents) in the center.
Queue hold queued calls in First In, First Out order until agents become available. When an agent becomes available, the
highest-ranked caller in the queue is delivered to that agent, and everyone else moves up a rank.

SIP

The Session Initiation Protocol (SIP) is a signalling protocol, widely used for setting up and tearing down multimedia communication
sessions such as voice and video calls over the Internet. Other feasible application examples include video conferencing, streaming
multimedia distribution, instant messaging, presence information and online games.

SMS

Short Message Service (SMS) is a communications protocol allowing the interchange of short text messages between mobile telephone
devices.

VolP

Voice over Internet Protocol (VolP, IPA: /vo1p/) is a protocol optimized for the transmission of voice through the Internet or other packet
switched networks. VolIP is often used abstractly to refer to the actual transmission of voice (rather than the protocol implementing it).
This latter concept is also referred to as IP telephony, Internet telephony, voice over broadband, broadband telephony, and broadband
phone.
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