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Getting Started

Basic Concepts
Within the Sipstream Hosted PBX platform a Domain is the Sipstream Hosted telephone system
for an individual organisation. It is sometimes referred to as a virtual PABX. Each Domain will
consist of a number of extensions. An
extension is an individual telephone line, which can be used for any of the purposes listed
below:

 a voice line, used to make and receive telephone calls;
 a virtual fax, used to receive faxes;
 a conference room, used to facilitate making conference calls;
 a hunt group, used as a mechanism to group voice lines that can all be contacted by

calling the same telephone or extension number. For example a switchboard or
receptionist, or a department or grouping of employees, such as Sales or IT Support;

 a remote voicemail line used to access voicemail for any extension in your domain
from any other remote telephone e.g. mobile phone or home phone.

Each extension can have up to three different types of numbers assigned to it, these are:
 an optional DDI or telephone number which can be dialled from anywhere in the

world. It should be noted that it is possible to have more than one DDI per extension;
 an extension number is a short code number that an extension can be reached on by

other users of the same Domain;
 a CLIP number or Presentation CLI (Calling Line Identity) can be any valid telephone

number owned by the organisation who’s Domain it is e.g. Switchboard number or a
mobile number. This will be presented to people who are called from a particular
extension.

The Sipstream Hosted PBX platform provides a web based interface, referred to as the web
portal, for users to configure extensions, users and all the other features of the service. The
Domain will be configured by a
Supervisor and there will usually be one Supervisor per Domain, although it is possible to have
multiple Supervisors. This user will be able to create and manage extensions, users and set
system wide features, such as call barring. Each person that gets an extension will also get a
login to the web portal for them to configure that extension and gain access to voice mails,
faxes, etc.
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Pre-requisites
Before you start configuring your Sipstream Hosted PBX Domain you will need to have the
following in place:
 a Sipstream Hosted PBX Domain with its associated telephone numbers and URL;
 the supervisor login and password details for that Domain;
 the handsets or softphones that you intend to use;
 a suitable quality Internet connection;
 the format that you wish your internal extensions to take. This is normally the last four

digits of the user's DDI number e.g. a DDI of 020 8765 1234 might have an extension
number of 1234 but it could be a sequential number such as 2000 or 2001, etc. There are
no limitations to the format that is used for extension numbers, however, it should be
noted that there are some numbers that cannot be created as extensions as they conflict
with existing PSTN telephone numbers e.g. 999. An extension can therefore start with
any number except 0, 1 or 9. All extension numbers will need to be pre-configured by
the person who has sold the service to you;

 a dial plan, outlining:
o the extensions, of each type that you wish to create, including the people who

will be assigned to a particular extension and the DDI telephone number that
they will get;

o the Hunt Groups you wish to create, including the DDI and extension number
that will be assigned to them and the voice extensions that will form part of the
Hunt Group;

o the Call Groups that extensions will be a member of. A Call Group is a grouping
of extensions which a number of functions can be performed on e.g. Pick-up
other members of the groups calls from their own phone;

o the Pick-up Groups you wish to create. A Pick-up Group is a list of extensions
who may answer the phone of other group members from their own handset.

o the call barring rules that you wish to implement, across the whole domain and
on an extension by extension basis.
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Changing Your Password
Your Service Provider will have provided you with a URL to the Sipstream Hosted PBX Portal that
allows you to configure your Domain and a login name and password. It is important for security
reasons that you set your own password the first time that you log into the system.
 Open a browser and type in the URL that you have been given to access your Domain.

You may wish to add this to the favourites list in your browser.
 Type in the user name you have been provided in the User Name field on the screen.

This will be in the format supervisor@<your Domain name>. (Figure 1)

Figure 1
 In the field marked Password key in the password you have been provided and press the login

button. This will take you to the Homepage for the Supervisor. (Figure 3)

Figure 3
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 From the menu on the left hand side of the screen select the Change Password option.
 This will take you to a new screen where in the field titled, Current Password you should

enter your current password. (Figure 4)
 In the field titled New Password you should enter your new password and confirm it by

re-typing it in the Repeat Password field.
 In the field titled, Password Hint type a phrase or word that will help you to remember

the password.
 Now press the Next button at the bottom of the screen which will return you to the

Homepage.
 Your password has now been changed.

Figure 4
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The Supervisor Homepage
The Supervisor Homepage is divided into a number of sections, which are described below
(Figure 5)

Figure 5

In the main part of the screen there is a list of all the extensions currently created within the
Domain.
Next to each extension there is the following information:
 the type of extension - Extension / Virtual Fax / Hunt Group / Conference / Remote

Voicemail;
 the name associated with the extension – this will also be displayed on the phones

screen when it is called;
 the DDI number;
 the status – whether the phone is currently Online and available to be used or Offline

and therefore not available for use;
three icons, a right pointing arrow head, a pencil and a cross. Clicking on the first icon, the arrow
head, will allow you to view an individual extension, selecting the second icon, the pencil will
allow you to edit the extension and clicking on the third icon, the cross, will, after confirmation,
delete the extension;
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Below the list of extensions are a list of operations that can be performed on these extensions
(Figure 6)
 add a new voice extension and an associated user account. Each voice extension may be

assigned to a user, who has the ability to logon to the web Portal to manage the
extension. A user can be in control of multiple extensions;

 add a new voice extension;
 add a new hunt group;
 add a new conference room;
 add a new virtual fax;
 add a new remote voicemail access point;

Figure 6

Next there is the list of Users (Portal Logins) of the system, (Figure 7) showing:
 their name;
 their login id or user id;
 the extensions that they own or manage; and three icons, an arrow, a pencil and a cross.

Clicking on the first icon, the arrow, will display the details of their login account, the
pencil will allow you to edit an individual user login and clicking on the second icon, the
cross, will, after confirmation, delete the user login;

 below the list of logins is a link that allows you to create a new user.
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Figure 7

Finally there is a facility to search the call logs for any or all of the extensions in the Domain.
(Figure 8)

Figure 8

On the left hand side of the screen is menu structure that has the following options:
· Home, clicking on this link will return you to this screen from wherever you are in the web
portal. There are links to perform the following actions under this heading in the web portal:

· Logout;
· Change Password;
· Help Facility;

· Supervisor, clicking on this link will return you to this screen from wherever you are in the web
portal. There are links to perform the following actions under this heading in the web portal:

· List Extensions;
· New Extension and User;
· New Extension;
· New Hunt Group;
· New Conference Room;
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· New Virtual Fax;
· New Remote Voicemail;
· DDI Mappings;
· Domain Bars;
· Trunks;
· Allocated Numbers;

· User Management, clicking on this link will take you to the user or login management part of
the web portal. There are links to perform the following actions under this heading in the web
portal:

· List all Logins;
· Add Login;

· Call Log, clicking on this link will take you to the call log management part of the web portal.
There are links to perform the following actions under this heading in the web portal:

· Search Call Log
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Extension Management

Add a New Extension and Associated User Account
This will create both a User and voice extensions.
· Click on the link to Add a New Extension and Associated User Account.
· You will then be taken to a new screen. (Figure 9)

Figure 9

· From the drop down list, select the required Internal / Extension Number that you require.
· From the External Number select the DDI or telephone number that you wish to associate
with that extension.
· In the Extension Name field, put the name that you wish to associate with the extension that
you are configuring. This could be a persons name or a departmental name and it will appear on
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the screen of any extension, within your Domain, that this extension calls, as their Calling Line
Identity (CLI). In the case of a Hunt Group this name will appear on the screen whenever the
Hunt Group is called from outside the Domain, so that you are able to tell who the call is for e.g.
Sales or Support.
· In the User's Name field enter the full name of the person who whose user account you are
creating.
· In the Login field you create a login id for this user. This will take the format of
username@<your Domain name>. We recommend that you use the persons email address as
it is easy for them to remember.
· Now enter a password for them in the Password field and a password hint in the Password
hint field. The password hint will be provided to you in the event that you forget your password.
· Finally enter the persons email address in the Email Address field and press the Next button
at the bottom of the screen and you will be now be taken to a new screen where you can
configure the voice extension. (Figures 10a/b)
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Figure 10a

· At the top of the screen is the Extension Name field, which has been pre-populated with what
you typed in, on the previous screen. You can, if required edit it.
· Select the Call Group that you wish to make the extension part of, from the drop down list.
Call
Groups are not relevant when there is only one handset in a particular location, e.g. Home office.
· Select the Pick-up Group that you wish to make the extension part of, from the drop down list.
Extensions that are in the same Pickup Group are able to answer a ringing phone that is in the
same Pickup Group as them, from their own phone. Pick-up Groups are not relevant when there
is only one handset in a particular location, e.g. Home office.

· Anonymous Call Rejection will automatically reject any call where the caller has withheld their
presentation CLI. (This can be done by dialling 141 before the number from most phones.)



Sipstream Hosted PBX Supervisor Guide

15

Whenever someone calls an extension with this feature set they will be played a message to say
that the owner of the extension has decided not to accept calls where the CLI has been withheld.
It should be noted that where the CLI is not available, e.g. for some international calls the call
will get through if this feature is not set.
· Call Forwarding Always, when set, will divert every call that you receive to another telephone
number, an extension on your Organisation's Sipstream Hosted PBX System or your voicemail.
To select the option you require, click to the left of your chosen option. In the case of the To
Extension and To External Number options, you will also need to key in the telephone number
or extension that you wish to divert the call to.
· Call Forward on No Answer, when set, will divert every call to your extension that is not
answered after a certain time to another telephone number, an extension on your Organisation's
Sipstream Hosted PBX System or your voicemail. To select the option you require, click to the
left of your chosen option. In the case of the To Extension and To External Number options,
you will also need to key in the telephone number or extension that you wish to divert the call
to.
· Call Forward on Busy, when set, will divert every call to your extension, whilst you are on the
phone to another telephone number, an extension on your Organisation's Sipstream Hosted
PBX System or your voicemail. To select the option you require, click to the left of your chosen
option. In the case of the To Extension and To External Number options, you will also need to
key in the telephone number or extension that you wish to divert the call to.
· Call Forward on Not Reachable, when set, will divert every call to your extension, whilst your
phone is not registered on the system (e.g. When there is a problem on your broadband line) to
another telephone number, an extension on your Organisation's Sipstream Hosted PBX System
or your voicemail. To select the option you require, click to the left of your chosen option. In the
case of the To Extension and To External Number options, you will also need to key in the
telephone number or extension that you wish to divert the call to.
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Figure 10b

· Call Recording, when set will record all of the calls to and from this extension. It can be set by
selecting the on button.
· The Voicemail PIN is used when accessing your voicemail from a telephone. All users will
require aPIN to access the system
· The Voicemail Email will be used as the email address where all Voicemails will be sent to as
anattachment.
· The Presentation CLI, this is the CLI that people who are called from this extension will get
presented to them. The numbers that appear in the list can only be amended by your Service
Provider.
· DDI’s; you will have already assigned one DDI to this extension, however it is possible to
assign more than one DDI to any type of extension. To do this select the required DDI from the
drop down list and press the Add button. The DDI will now appear in the list of DDI’s associated
with that extension. Whenever any of the DDI’s in the list are called the extensions handset will
ring.
· Finally at the bottom of the screen is a set of details that need to be programmed into the
handset that will be used in conjunction with the extension. These are:
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· SIP Server IP Address – this is the IP address of the Sipstream Hosted PBX Sipstream Hosted
telephony platform and cannot be edited;
· Account Name – this is the Account Login name for the Sipstream Hosted PBX Sipstream
Hosted telephony platform and cannot be edited;
· Account Password – this is the password, associated with Sipstream Hosted PBX account and
it can be edited.
· Click the Next button at the bottom of the screen and you will be taken to a new screen
(Figure 11) which summarises what you have configured. You can print this page out to help
with configuring the handset.

Click the Finish button at the bottom of the screen and you will then return to the Supervisor
Homepage. To use this extension you will need to configure the SIP handset with the details that
you have printed out.

Figure 11
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Add a New Extension
This will create a new voice extension. This screen is similar to the ‘Add a New Extension and
Associated User Account’ but would be used where you did not wish the user to have access to
the portal or you were adding extensions to an existing user account.

· Click on the link to Add a New Extension.
· You will then be taken to a new screen. From the drop down list, select the required Internal /
Extension Number that you require.
· From the External Number select the DDI or telephone number that you wish to associate
with that extension.
· In the Extension Name field, put the name that you wish to associate with the extension that
you are configuring. This could be a persons name or a departmental name and it will appear on
the screen of any extension, within your Domain, that this extension calls, as their Calling Line
Identity (CLI). In the case of a Hunt Group this name will appear on the screen whenever the
Hunt Group is called from outside the Domain, so that you are able to tell who the call is for e.g.
Sales or Support.
· Click the Next button at the bottom of the screen and you will be taken to a new screen where
you can configure the new extension.
· At the top of the screen is the Extension Name field, which has been pre-populated with what
you typed on the previous screen. You can, if required edit it.
· Select the Call Group that you wish to make the extension part of, from the drop down list.
Call Groups are not relevant when there is only one handset in a particular location, e.g. Home
office.
· Select the Pick-up Group that you wish to make the extension part of, from the drop down list.
Extensions that are in the same Pickup Group are able to answer a ringing phone that is in the
same Pickup Group as them, from their own phone. Pick-up Groups are not relevant when there
is only one handset in a particular location, e.g. Home office.
· Anonymous Call Rejection will automatically reject any call where the caller has withheld their
presentation CLI. (This can be done by dialling 141 before the number from most phones.)
Whenever someone calls an extension with this feature set they will be played a message to say
that the owner of the extension has decided not to accept calls where the CLI has been withheld.
It should be noted that where the CLI is not available, e.g. for some international calls the call
will get through if this feature is not set.
· Call Forwarding Always, when set, will divert every call that you receive to another telephone
number, an extension on your Organisation's Sipstream Hosted PBX System or your voicemail.
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To select the option you require, click to the left of your chosen option. In the case of the To
Extension and To External Number options, you will also need to key in the telephone number
or extension that you wish to divert the call to.
· Call Forward on No Answer, when set, will divert every call to your extension that is not
answered after a certain time to another telephone number, an extension on your Organisation's
Sipstream Hosted PBX System or your voicemail. To select the option you require, click to the
left of your chosen option. In the case of the To Extension and To External Number options,
you will also need to key in the telephone number or extension that you wish to divert the call
to.
· Call Forward on Busy, when set, will divert every call to your extension, whilst you are on the
phone to another telephone number, an extension on your Organisation's Sipstream Hosted
PBX System or your voicemail. To select the option you require, click to the left of your chosen
option. In the case of the To Extension and To External Number options, you will also need to
key in the telephone number or extension that you wish to divert the call to.
· Call Forward on Not Reachable, when set, will divert every call to your extension, whilst your
phone is not registered on the system (e.g. When there is a problem on your broadband line) to
another telephone number, an extension on your Organisation's Sipstream Hosted PBX System
or your voicemail. To select the option you require, click to the left of your chosen option. In the
case of the To Extension and To External Number options, you will also need to key in the
telephone number or extension that you wish to divert the call to.
· Call Recording, when set will record all of the calls to and from this extension. It can be set by
selecting the on button.
· The Voicemail PIN is used when accessing your voicemail from a telephone. All users will
require a PIN to access the system
· The Voicemail Email will be used as the email address where all Voicemails will be sent to as
anattachment.
· The Presentation CLI, this is the CLI that people who are called from this extension will get
presented to them. The numbers that appear in the list can only be amended by your Service
Provider.
· DDI’s; you will have already assigned one DDI to this extension, however it is possible to assign
more than one DDI to any type of extension. To do this select the required DDI from the drop
down list and press the Add button. The DDI will now appear in the list of DDI’s associated with
that extension. Whenever any of the DDI’s in the list are called the extensions handset will ring.
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· Finally at the bottom of the screen is a set of details that need to be programmed into the
handset that will be used in conjunction with the extension. These are:

· SIP Server IP Address – this is the IP address of the Sipstream Hosted PBX Sipstream Hosted
telephony platform and cannot be edited;
· Account Name – this is the Account Login name for the Sipstream Hosted PBX Sipstream
Hosted telephony platform and cannot be edited;
· Account Password – this is the password, associated with Sipstream Hosted PBX account and
it can be edited.
· Click the Next button at the bottom of the screen and you will be taken to a new screen which
summarises what you have configured. You could print this page out to help configuring the
handset.
· Click the Finish button at the bottom of the screen and you will then return to the Supervisor
Homepage. To use this extension you will need to configure the SIP handset with the details
that you have printed out.

Add a Virtual Extension
A virtual extension  can be used for short dialling into mobile phones or other PSTN numbers
not on the VoIP system. To setup you need to have an available Extension number and you will
need to specify the Destination number.



Sipstream Hosted PBX Supervisor Guide

21

Add a New Hunt Group
This will create a new Hunt Group where you can dial one number and it will cause all of the
phones within the Hunt Group to ring simultaneously.
· Click on the option to Add a New Hunt Group. (Figure 12)

Figure 12

· From the drop down list titled, Internal / Extension Number, select the extension or internal
number that you wish to assign to the Hunt Group.
· From the drop down list titled, External Number select the DDI or telephone number that you
wish to assign to the Hunt Group.
· In the Group Name field, put the name that you wish to associate with the Hunt Group that
you are configuring. This is usually a departmental name. This name will appear on the handset
screen, whenever the Hunt Group is called, from outside the Domain, so that you are able to tell
who the call is for e.g. Sales or Support. It should be noted that wherever it hasn't been withheld
you will also get the CLI of the person calling you.
· From the drop down list titled, Group Members select the extension you wish to add to the
Hunt Group and press the Add button. You must repeat this for each extension you wish to add
to the Hunt Group. You may only add existing voice extensions to a hunt group.
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· Press the Next button to take you to a screen to configure the settings associated with the
Hunt Group. (Figures 13a/b)

Figure 13a

· Call Forwarding Always, when set, will divert every call that you receive to another telephone
number, an extension on your Organisation's Sipstream Hosted PBX System or your voicemail.
To select the option you require, click to the left of your chosen option. In the case of the
To Extension and To PSTN options, you will also need to key in the telephone number or
extension that you wish to divert the call to.
· Call Forward on No Answer, when set, will divert every call to your extension that is not
answered after a certain time to another telephone number, an extension on your Organisation's
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Sipstream Hosted PBX System or your voicemail. To select the option you require, click to the
left of your chosen option. In the case of the To Extension and To PSTN options, you will also
need to key in the telephone number or extension that you wish to divert the call to.
· Call Forward on Busy, when set, will divert every call to your extension, whilst you are on the
phone to another telephone number, an extension on your Organisation's Sipstream Hosted
PBX System or your voicemail. To select the option you require, click to the left of your chosen
option. In the case of the To Extension and To PSTN options, you will also need to key in the
telephone number or extension that you wish to divert the call to.

Figure 13b

· Call Forward on Not Reachable, when set, will divert every call to your extension, whilst your
phone is not registered on the system (e.g. When there is a problem on your broadband line) to
another telephone number, an extension on your Organisation's Sipstream Hosted PBX System
or your voicemail. To select the option you require, click to the left of your chosen option. In the
case of the To Extension and To PSTN options, you will also need to key in the telephone
number or extension that you wish to divert the call to.
· The Voicemail PIN is used when accessing your voicemail from a telephone. All users will
require a PIN to access the system. It should be noted that to access a Hunt Groups voicemail by
phone, you will need to configure a Remote Voicemail Access extension, within your Domain.
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· The Voicemail Email will be used as the address where all Voicemails for this Hunt Group, will
be sent to as an attachment.
· Finally at the bottom of the screen are the External Numbers that can be used by people to
call this Hunt Group. This will already have the External Number you assigned to the Hunt Group
at the beginning of this process. It is possible to have more than one External Number
associated with a Hunt Group, for example an organisation may give its customers separate
numbers for Customer Services and Technical Support, but the calls maybe answered by the
same group of people. Therefore rather than create a new Hunt Group you can simply add an
additional External Number to an existing Hunt Group.
· From the drop down list titled, DDI’s select the External Number you wish to add to the Hunt
Group and press the Add button. You must repeat this for each External Number you wish to
add to the Hunt Group.
· To remove an External Number from a Hunt Group, press the cross next to the External
Number or DDI.
· When you have finished configuring the settings of the Hunt Group, press the Next button at
the bottom of the screen. You will be taken to a page confirming the details of the Hunt Group
that you have just set up. Press the Finish button and you will be returned to the Supervisor
home page.
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Add a Conference Room
This will create a new Conference Room facility where you can host conference calls for up to 30
people.
· Click on the link to Add a New Conference Room
· You will then be taken to a new screen. (Figure 14)

Figure 14

· From the drop down list, select the Internal / Extension Number that you require.
· In the field titled Conference Name enter the name that you wish to associate with this
Conference Room, such as a company's, individual's or department's name.
· In the Conference PIN field enter the 4 digit PIN, that all users of the Conference Room
will need to enter, to access the facility.
· From the External Number select the DDI or telephone number that you wish to associate
with that extension.
· You will then be taken to a new screen which summarises what you have configured, press the
finish button at the bottom of the screen and you will then return to the Supervisor Homepage.
· It should be noted that Conference Room Extensions can only be administered by a Supervisor
and do not need to be assigned to a user as there is no user interface to manage this extension
type. To use a conference room, request all of the required participants in a conference call to
dial the DDI or extension number that has been setup.
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They will then be prompted to enter the Conference Room PIN and after completing this
successfully taken straight into the conference room. Once in the Conference Room they will be
told the number of the conference room that they are entering and how many participants have
already entered the conference room.

Add a Virtual Fax
This will create a new Virtual Fax extension, allowing you to send and receive faxes.
· Click on the link to Add a New Virtual Fax
· You will then be taken to a new screen (Figure 15).

Figure 15

· From the drop down list, select the Internal / Extension Number that you require.
· In the field titled Fax Name enter the name that you wish to give this extension.
· From the External Number select the DDI or telephone number that you wish to associate
with that extension.
· In the field titled Fax Header, enter the optional, default header for this fax extension. This
could be for example your company’s name. If this field is left blank the system will use the Fax
Name as a Fax Header.



Sipstream Hosted PBX Supervisor Guide

27

· In the field titled Delivery Email Address, key in the email address that all faxes are to be sent
to and press the Next button at the bottom of the screen.
· You will then be taken to a new screen (Figure 16) which summarises what you have configured
as well as providing the settings for any third party fax machine or fax sending software to use
the Sipstream Hosted PBX system.

Figure 16

· Press the Finish button at the bottom of the screen and you will then return to the Supervisor
Homepage.
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Add a Remote Voicemail Access Point
This type of extension is used to access voicemail messages for Hunt Groups and for users who
are away from their desk phone and want to retrieve voicemail messages by phone, rather than
by email or the web portal.

· Select the Link to add a new Remote Voicemail Access Point. This will open a screen to enter
the following details (Figure 17).

Figure 17

· In the field at the top of the screen enter the name that you wish the extension to be known by.
· From the drop down list, select the Internal / Extension Number that you require.
· From the External Number select the DDI or telephone number that you wish to associate
with that extension. You will then be taken to a new screen which summarises what you have
configured, press the next button at the bottom of the screen and you will then return to the
Supervisor Homepage.
· It should be noted that Voicemail Access Point extensions can only be administered by a
Supervisor and do not need to be assigned to a user as there is no user interface to manage this
extension type.
To use a Remote Voicemail Access Point a user simply dials the number associated with the
extension; this can be by using the extension number from another Sipstream Hosted PBX
extension on your Domain or by using the DDI number, from any phone that is outside your
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Domain. The user will then be prompted to enter the extension number of the voicemail that
they wish to access and it’s associated PIN. After completing this successfully, they will be in the
voicemail account for the extension that they entered.

Editing and Deleting Extensions
· Return to the Supervisor Homepage

· To edit any of the types of extension that you have added, select the pen icon next to the
relevant extension, from the extensions list (Figure 18). This will take you into a screen that is the
same as the add screen with all the current settings on it, for that particular extension. You will
then be able to change any of the settings for the particular extension and save them by
pressing the next button at the bottom of the screen. It should be noted that some settings can
be edited by individual users of that extension. For further details on this please read the
Sipstream Hosted PBX User Guide.

· To delete any of the types of extension that you have added, select the cross next to the
relevant extension, from the extensions list. This will then cause a message box to be displayed
on screen asking if you are sure that you wish to delete the extension. If you wish to delete the
extension select the Yes button, if you do not select the No button. You will then be returned to
the extension list, where the extension you have deleted will no longer exist.

Figure 18
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Time-of-Day Routing
Without Time-of-day definitions an extension or hunt group will allow inbound calls to ring
24/7. In real life most offices work between certain hours, and outside these hours it may be
desirable to handle the inbound calls in a different way for example by taking a voicemail or
directing the number to another PSTN for example.

You can setup multiple ToD (time-of-day) definitions and use them where necessary, so that
different extension, departments or hunt groups can have different time of day setups if desired.
The ToD system is very flexible, but it is only for setting up days and times rules, not
destinations.

Here is an example:

This definition can be used with as many extensions or groups as desired. For an extension that
would require different times and dates you would create another ToD definition. Each
definition is identified by a unique name, in the case of our example we’ve called it ‘WORKING
WEEK’.

Key
Inc/Excl Either Include or Exclude the specified day and time range in this rule..

From Day One of Monday, Tuesday, Wednesday, Thursday, Friday, Saturday, Sunday, Weekday,
Weekend, Holiday EW, Holiday S, Holiday NI, Holiday IE or a specific date in yyyy-mm-dd or
dd/mm/yyyy format..

To Day One of Monday, Tuesday, Wednesday, Thursday, Friday, Saturday, Sunday or a specific
date in yyyy-mm-dd or dd/mm/yyyy format..

From Time A specific time in hh:mm or hh:mm:ss format..

To Time A specific time in hh:mm or hh:mm:ss format..
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From and To Day are separate from From and To Time. That is, Monday to Friday, 09:00 to
17:00 is five periods from 09:00 to 17:00 on each day from Monday to Friday, and not a single
period from Monday at 09:00 to Friday at 17:30.

How It's Calculated
To find out if a particular definition applies to the time at the time of each call, the system runs
through the following process:

1. Assume that it doesn't apply.

2. Going through each rule in the definition in sequence:

3. If the call day-and-time is within the from- and to- days and times:

4. If the rule is an Include then the definition does apply, if it's an Exclude then the definition
doesn't apply.

5. Otherwise ignore and go to the next rule in sequence.

6. At the end, the definition either applies to the call day-and-time or it doesn't.

Time of Day usage Example
Here we have applied our newly created ToDR definition to an extension’s Call Forwarding
setup. Call Forwarding allows you to specify the action to take on if Forwarding Always is set, or
no one answers your phone, if your phone is busy or if it is not reachable.  The Period is chosen
by selecting the ToD definition from the drop-down list.  When it applies (either Outside or
During) is chosen from the When list. The Target would be an extension, voicemail or PSTN. If
it’s an extension number or PSTN you can specify it. In our example any calls outside of our
working week go to another PSTN number. Also, should our phone be unreachable (On Not
Reachable) due to broadband failure you can set a PSTN number or voicemail for calls to be
delivered to.
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Using a ToD with an extension
 Select and extension from the list. Click the edit symbol (pencil) and you will see that the

Call Forwarding type will be set to Basic:
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 Now select the Time-of-Day Routing and you will see that all the forwarding options
change to allow you to configure the new routing plan.
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 Choose when from the list

 Choose Period from the list

 Choose Target from the list
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 Enter the Target Number in the box and click Add. The ToD is complete and setup.

Repeat for each type of forwarding if desired.

Domain Bars
There will be some telephone numbers that you may wish to bar users of the Sipstream Hosted
PBX service calling, such as International or Premium Rate numbers. The system allows you bar
calls to certain types of number or destinations as well as individual numbers. There is also a
facility to allow you to override the call barring on particular extensions e.g. you might bar all
users from making international calls, except one user who manages your international sales
function.

Call Barring
· From the Supervisor Homepage select the Domain Bars option from the menu on the left
hand side of the screen (Figure 19)

Figure 19

· At the top of the screen will be a list of the current call bars and overrides that already exist.
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· Under the list is a link to Add a new domain-wide bar or override. Click on this link (Figure
20)

Figure 20

· From the Type list select Bar.
· In the Number field enter the number that you wish to bar. This can be a complete telephone
number e.g. 0208 1234 567 or a partial number e.g. 00 to bar International calls.
· In the Extension field type in the extension you wish to bar calling the number or type of
number. You can only enter 1 extension number into this field. If you leave this field blank all
extensions will be barred from making calls to this number. If you enter a partial extension
number all extensions that match it will be barred e.g. entering 50 in this field will cause
extensions that start 50 to be barred from making calls to that destination.
· Press the next button at the bottom of the screen to return to the original Domain Bars screen
(Figure 21). The bar that you have just added should now appear in the list.

Figure 21
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Call Barring Overrides
· From the Supervisor Homepage select the Domain Bars option from the menu on the left
hand side of the screen.
· At the top of the screen will be a list of the current call bars and overrides that already exist.
(See Figure 21)
· Under the list is a link to Add a new domain-wide bar or override. Click on this link.
· From the Type list select Override (Figure 23)

Figure 23

· In the Number field enter the number that you wish to override. There should already be a
domain wide bar in place for this number. This can be a complete telephone number e.g. 0208
1234 567 or a partial number e.g. 00 to allow International calls.
· In the Extension field type in the extension you wish to allow to make a previously barred call
type. You can only enter 1 extension number into this field.
· Press the next button at the bottom of the screen to return to the original Domain Bars screen
(Figure 24). The override that you have just added should now appear in the list.

Figure 24
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User Management
Every user of the system who needs or is allowed access to web portal will require a user id and
password to access the system.

Add a New User
· Click on the link to Add New User on the menu on the left hand side of the Supervisor
Homepage
(Figures 25/26)

Figure 25
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Figure 26

· In the field at the top of the screen enter the name of the user that you are configuring.
· In the Login field create a login to the system for this user. This should take the format of
username@<your Domain name>. We recommend that you use the persons email address as
it is easy for them to remember.
· Now enter a password for them in the Password field and a password hint in the Password
hint field.
· Enter the persons email address in the Email Address field.
· Under the Services section you are able to add access to a number of different features for that
user when they login to the web portal. The services that can be added to an individual user
account are:

1. Management of more than one extension, for example where the user is a team leader
and does not wish their team members to have access to the web portal, but wishes to
control the extensions themselves or where a user has one work extension and one
home extension.
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2. Management of a particular voicemail box, for example a CEO may give his / her PA
access to their voicemail.

3. Management of a Hunt Group or the voicemail associated with the Hunt Group.
4. Management of fax line to allow a particular user to view faxes (sent and received) and

manage the features associated with a fax line.
5. Providing a particular user with Supervisor status. This means that whoever is the system

supervisor can manage the whole platform and their own extension(s) from their login
rather than having to switch between two different accounts.

6. User Account Management
7. Call Log Management for all extensions within the Domain, rather than just the

extensions that the user owns.
To add a new service to a users account, select the service that you wish to add from the drop
down list and then press the add button. The service will now appear in the list. Services maybe
removed by clicking on the cross next to the service
When you have finished adding or removing services, click on the Next button at the bottom of
the screen and you will be returned to the Supervisor Homepage.

Editing and Deleting Users
· Return to the Supervisor Homepage and select List all Logins. (Figure 27)

Figure 27
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· To edit any of the Logins that you have added, select the pen icon next to the relevant user id
from the list. This will take you into a screen that is the same as the add screen with all the
current settings on it, for that particular user id. You will then be able to change any of the
settings for the particular user id and save them by pressing the next button at the bottom of
the screen.
· To delete any of the user ids that you have added, select the cross next to the relevant user id
in the list. This will then cause a message box to be displayed on screen asking if you are sure
that you wish to delete the user id. If you wish to delete the user id select the Yes button, if you
do not select the No button. You will then be returned to the user id list, where the user id you
have deleted will no longer exist.

Search Call Log
This feature allows you to search all the calls that have been made or received by any extension
in the Domain during the last month. Call log information is not normally kept on-line beyond
this time frame.
· From the menu on the left hand side of the screen select the Search Call Log option. (Figure
28)

Figure 28
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· By leaving the form completely blank and pressing the Next button at the bottom of the page
the system will list all of the calls that the extension has made or received. The search can be
“narrowed down” by entering data into any of the search fields.
· Wherever data is entered into the From fields the system will only return calls that the
extension has made.
· Wherever data is entered into the To fields the system will only return calls that the extension
has received.
· Entering data into both sets of fields will return calls that the extension has made and received
· The following search criteria fields are available for calls both To and From the extension:
· Date and Time – This can either be in a European date format or by using a phrase such as
“yesterday” or “last month”.
· Number – This can either be a PSTN or an extension number. However you must select
Extension or PSTN from the drop down list or the search will fail.
· Duration – This must be entered in seconds.
· Recorded – Whether or not the call has been recorded. It should be noted that the Supervisor
can only identify that a call has been recorded but not listen to the recording. This can only be
done by the owner of the extension.
It should be noted when search criteria are entered into multiple fields the search will assume
that they both must be true e.g. Recorded and yesterday, will return all calls from yesterday that
were recorded.
After the search criteria have been entered, press the Next button at the bottom of the screen
to initiate the search.
The search results will be displayed on the screen, as a list, along with a right hand arrow which
can be clicked to get more detail on the call. At the bottom of the screen is a Finish button
which will then take you back to the search results.
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Numbering Information

DDI Mappings
The DDI mapping list shows a list of extensions and the DDI(s) that are associated with those
extensions. To view this list, select DDI Mappings from the menu of the left hand side of the
screen. You will be taken to a screen with a list of DDI’s and Extensions (Figure 29). By clicking
the cross on the right hand side of the list you can de-allocate a DDI from an extension. This will
not amend any of the other settings associated with that extension.

Figure 29

Clicking on the cross will cause a message box to be displayed on screen asking if you are sure
that you wish to delete a DDI mapping. If you wish to delete the DDI mapping select the Yes
button, if you do not, select the No button. You will then be returned to the DDI mapping list,
where the DDI mapping you have deleted will no longer exist.
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Trunks
A Sipstream Hosted PBX Domain maybe integrated with any compatible IP PBX or another
Sipstream Hosted PBX Domain. This allows the users of the combined system to make and
receive “free” calls as well as use short code dialling between each other. This is configured by
creating a Trunk.

By selecting Trunks on the left hand side of the screen you will be taken to the configuration
screen for trunks. This will display any existing trunk configurations and a link to Add a New
Trunk. (Figure 30)

Figure 30

By clicking Add a New Trunk you will be taken to a new screen to configure a new trunk.
Figures 31a/b)

Figure 31a
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This half of the screen (Figure 31a) allows you to configure;
· Trunk Name – this is simply a label which identifies this trunk from any others you may have
configured. The name can use any letter of the alphabet and must not include spaces.
· Extension Trunking – the number range of the extensions at the far end PBX. Sipstream Hosted
PBX does not support extension ranges beginning with 0, 1 or 9. It should be noted that the
extension ranges on the systems at either end of the trunk must not overlap.
This half of the screen (Figure 31b) allows you to configure the remaining parameters required
to connect the trunk to Sipstream Hosted PBX.

Figure 31b
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Termination
· DDI’s – select from the drop down box the DDI(s) to be used to route inbound calls via
Sipstream Hosted PBX to the far end PBX. Numbers can be added at any time from the drop
down list.
· CLIPs – select from the drop down box the number(s) presented by the far end PBX to
Sipstream Hosted PBX for onward presentation to the called destination. A number must be
allocated and be selected from the DDI allocation.

Inbound
The IP address entered here is that of the far end PBX routing its outbound calls via Sipstream
Hosted PBX. This must be a single static IP address.

Outbound
The IP address entered here is that of the far end PBX where calls will be sent to from Sipstream
Hosted PBX. This must be a single static IP address.

The inbound and outbound IP addresses may be the same. The target IP address is
Sipstream Hosted PBX.
When that screen is completed click on Next and you will be taken back to the home page for
Trunks where the new trunk will now be included in the list.

Editing Trunks
Select the Trunks option from the left hand side of the main screen and you will be taken to the
Trunks home page. (Figure 32) Each configured trunk is listed here by name and to the right of
each trunk name there are three icons;
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Allocated Numbers
This section of the web-portal allows users to view the numbers, of each different type, that are
assigned to their Domain.
· Select the Allocated Numbers option from the menu on the left hand side of the screen. This
will take you to the Allocated Numbers screen (Figure 33), which will provide the following
information:
· A list of the Extension Ranges, including the name, start of the range, end of the range and a
count of the number of numbers in the range;
· A list of the DDI Ranges, including the name, start of the range, end of the range and a count
of the number of numbers in the range;
· A list of the CLIP (Presentation CLI) Ranges, including the name, start of the range, end of the
range and a count of the number of numbers in the range;
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Figure 33



Sipstream Hosted PBX Supervisor Guide

49

Music on Hold

Royalty free music is setup for the music on hold.

Listening to Recordings

Click the Speaker icon and the recording will be played back through the speakers on your
PC.

Downloading the recordings
 NOTE: recording are stored for 8 weeks maximum, and then deleted. Please download

your recordings to preserve them. If you record the majority of your calls we strongly
recommend WEEKLY downloads to keep the file sizes small, otherwise they can grow to
such a size as they become too large to download.
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At the bottom of the screen you will see two links:

Export as CSV downloads the call log as a file which can be read in Excel or notepad.

Download Recordings in a ZIP File downloads the call recordings in a compressed format which
can be un-compressed (un-zipped) into their original .wav file format on your PC , for playback
at any time on any PC.


