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1.0 Introduction 
  

Customers performing SBC configuration changes, updates or similar should have already attended 
a Squire Technologies Training session, and/or should have suitable knowledge to apply 
configuration.  This document is an introductory guide to SBC related configuration activity. 

Preceding this document, we would encourage you to familiarise yourself with our SVI-MS Guide 
which is viewable at https://www.squire-technologies.co.uk/docs/userguide/SVI-MS_UserGuide.pdf 
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1.1 Accessing the SVI 
  

You will be able to access the unit via a web browser (please note, IE and Safari are not 
supported). Squire Technologies would recommend using Chrome or Firefox. Enter the system IP 
Address (if single plane system) or VIP IP Address (if redundant system) and you will see the login 
screen shown in Figure 1.  

The default credentials are as 
follows:  

The username is ‘root’ 
and the password is ‘squireSVI’. 
 

 

 

 

 

 

 
 

 

 

Now that the SVI-MS has been successfully accessed you are ready to move on to the next stage of 
this user guide. 

  

Figure 1: GUI Login Screen 
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1.2 Key Terms 
 

The following is a list of some of the basic terms you will come across in this user guide, and what 
they mean: 

Resources: Resources are components of the product. For example, a VoIP Destination 
is a Resource. 

Wizards:  As there are many resources with potentially hundreds of attributes, the 
SVI-MS provides Wizards for setting up the most common configuration 
elements. These Wizards allow the configuration of one or more resources 
at once with a simplified interface. 

Derived Resources: Derived Resources is the term given to resources that are directly 
configured by other Resources and Wizards. For example, when you create 
a SIP Endpoint, you will automatically create a Hunt Group, which means 
that Hunt Groups are a Derived Resource of the SIP Endpoint Wizard. Where 
a Derived Resource is mentioned, this user guide will direct you to a 
Resource Glossary for an exact definition of the resource in question. 

Commit: “Commit” will save changes to the SVI and apply them real time. When 
changes have been successfully committed, you will see a “Commit 
complete” popup. 

SIP Stacks: A SIP Stack contains the IP Address and Port to form the listening address 
on the SBC. Two SIP Stacks come preconfigured on this SBC, but if you wish 
to create further SIP Stacks, this User Guide will explain how. 

SIP Endpoints: These Endpoints are where your traffic will be sent to and from by the SBC. 
They can be Static, i.e. their IP Address will remain the same, or 
Registering, meaning they can be originating from different IP Addresses. 
There are no SIP Endpoints pre-configured on the SBC, so this User Guide 
will explain how they can be created. 

Hunt Groups: A Hunt Group is a collection of SIP Endpoints (though it can be a single 
Endpoint) which will ring either together or sequentially depending on the 
End-Users configuration. 

Bidirectional Routing: Bidirectional Routing routes traffic between two SIP Endpoints. In this User 
Guide we will address sending traffic in the following manner: Private SIP 
Endpoint <-> Public SIP Endpoint. No Routing is pre-configured on the SBC. 
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2.0 Configuring SIP Stacks 
To run an SBC service, you will have multiple SIP Stacks configured onto the IP Addresses, as shown 
in Figure 2.  

To create a new SIP Stack, you will need to use the Configuration tab. To begin, use the following 
navigation:  Wizard -> Endpoints -> SIP Stack, which will present the screen shown in Figure 2. 

 

Figure 2: Configuring SIP Stacks 

By default, the settings shown in figure 3 will be displayed on the wizard.  

SIP Stacks are preconfigured on the SBC when it is deployed, with the information given in the 
installation checklist. 



Session Border Controller User Guide Squire Technologies - Confidential Document 
 

  Page 8 of 44 
/Volumes/squires/Company Documentation/User Guides/SVI_SBC/SVI-SBC User Guide - SQ-UG-
034.docx 

If you are choosing to create a new SIP Stack, click “New” on the screen above, which will then 
display the following: 

Upon selecting “Create” you will return to the screen shown in Figure 2. You will need to 
press “Commit” to make the changes to the SVI.   

Figure 3: SIP Stack default settings 
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Clicking on one of your created SIP Stacks will take you to the following screen which indicates that 
IPs and VoIP Stacks have been created as Derived Resources. For an explanation of the terms IP and 
VoIP Stack please see Resource Glossary. 

2.1 SIP Timer Values 
The SIP timer values can be configured on the VoIP Stack. Navigate to Resources -> Voip Stack and 
select the Voip Stack. Here the timer values can be changed from the default: 

 

Figure 4: SIP Stack with Derived Resources 
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All the timer values are configured in milliseconds. They correspond to the values defined in RFC 
3261 - https://tools.ietf.org/html/rfc3261#page-265 
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3.0 Configuring SIP Endpoints  
The next stage is to configure SIP Endpoints. You can perform this action using two different 
Wizards:  

SIP Endpoint (Registering)  or  

SIP Endpoint (Static IP). 

This will be dependent on the SIP service required. 

SIP Endpoint (Registering): Based on Username/Password Authentication 

SIP Endpoint (Static IP): Based on IP/Port 

3.1  Creating a new SIP Endpoint (Static IP) 
 

To create a new SIP Endpoint, you will stay in the Configuration tab and navigate to: Wizard -> 
Endpoints -> SIP Endpoint (Static IP), which will display the screen below.  

Upon getting to this screen, click “New” to create your SIP Endpoint. This Wizard is used to 
configure SIP Endpoints which will receive or send call traffic from the SVI.  

Figure 5: Creating SIP Endpoints (Static IP) 
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Not all attributes have to be defined in each configuration as some can be left blank.  The following 
is a brief overview of the fields you see here and their respective purposes: 

Name:   First give the Wizard a Name that is easy to remember for future reference. 

id: This attribute is used to identify the SIP Endpoint within the SVI-MS and should be 
given a unique and memorable name. If this field is left blank, the “name” 
attribute will be used to populate it. 

Stack: From the drop-down Stack menu select the desired stack which this endpoint will 
run its service to. 

 

Figure 7: Stack Options 

Address: Define the IP Address of the VoIP destination. 

Port Define the IP Port of the VoIP destination. Default Port is 5060. 

Figure 6: SIP Endpoint (Static IP) Wizard 
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Host Name This allows for a user defined string to be used instead of the IP address for all 
outgoing URI method requests. 

Call Control From the drop-down menu CallControl select the SIP call control. 

 

Figure 8: Call Control Options 

If the SIP Call Control is not available from the drop-down menu a new CallControl 
resource will need to be configured by clicking  

Proxy media This is to ensure that all media will be passed through the SBC for the Endpoint. 
Due to the nature of the SBC product, this box will always need to be ticked to 
enable the effective operation of the SBC. 

Options The Options box allows you to select the additional call features you wish to 
enable.   

Tocoptions Out of call OPTIONS method will be sent every Tocoptions seconds. This works as a 
heartbeat to ensure that endpoint is available. If no response is received, then the 
VoIP Destination will be taken out of service and will only come back into service 
once an out of call OPTIONS method is received.  

Toptions If Toptions is set to a value in seconds which is greater than zero, when a SIP call is 
in the answer state a heartbeat OPTIONS method is transmitted every Toptions 
second. On no response to the OPTIONS method the call will be cleared. 

MatchDB (ogrulesdp) Is used to define outgoing calling rules from using MatchDB resources.  

RetryCount In the event that a call does not connect, this sets the number of times that the 
call will be retried. 

RetryCause Linked to the RetryCount, the RetryCause allows you to select the conditions which 
will trigger further call attempts.  By default, this is set to all, but this box allows 
you to change this. 
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Finished Wizard 

Hunt Groups and VoIP Destinations have been automatically configured as Derived Resources.  

These are relevant for the next stage, “Routing” which is addressed in section 4. For an 
explanation of the terms Hunt Group and VoIP Destination please see Resource Glossary. 

Press “Commit” to apply changes to the SVI. 

3.2 Creating a New SIP Endpoint (Registering) 
Registering SIP Endpoint is suitable for authentication based on username and password.  

To create a new Registering SIP Endpoint, please navigate to Wizard -> Endpoints -> SIP Endpoint 
(Registering), which will display the screen below. Click “New” to create a New SIP Endpoint. 

Figure 9: Completed SIP Endpoint (Static) Wizard 
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Not all attributes have to be defined in each configuration as some can be left blank.  The following 
is a quick overview of the fields you see here and their respective purposes: 

Name:   First give the Wizard a Name that is easy to remember for future reference 

id: This attribute is used to identify the SIP Endpoint within the SVI-MS and should be 
given a unique and memorable name. If this field is left blank, the “name” 
attribute will be used to populate it. 

Figure 11: SIP Endpoint (Registering) Screen 

Figure 10: SIP Endpoint (Registering) Wizard 
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Stack: Select the desired stack which this endpoint will run its service to, from the Drop-
down Stack menu  

 

Figure 12: Stack Options 

Call Control From the drop-down menu CallControl select the SIP call control. 

 

Figure 13: Call Control Options 

If the SIP Call Control is not available from the drop-down menu a new CallControl 
resource will need to be configured by clicking.      We advise leaving defaults 
unchanged in the initial set up phase. 

Proxy media This ensures that all media will be passed through the SBC for the Endpoint. Due to 
the nature of the SBC product, this box will always need to be ticked to enable the 
effective operation of the SBC. 

Options The Options box allows you to select the additional call features you wish to 
enable.  A comprehensive list of these features and their purposes can be found in 
Resource Glossary.  

Username This is the username used to identify the SIP Endpoint, typically the DDI or CLI 
number. 

Password Enter a password to enable registering of the device with the SVI. This must be 
alpha-numerical. 

Behind NAT Tick this box if your Endpoint is behind a NAT enabled firewall. We recommend 
always ticking this box. 

MatchDB Allows DB parameters to be attached to the Endpoint for the purpose of 
manipulating call parameters for outbound calls. This attribute is created as a 
derived resource when you create Number Normalisation, which is addressed in 
section 4.  Once you have completed the number normalisation, return to this 
section to assign your DB Parameters to your Endpoints. 
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Finished Wizard 

 

Figure 14: Finished SIP Endpoint (Registering) Wizard with Derived Resources 

This is the basic configuration for a Registering SIP Endpoint.  

Click Create and you will then be returned to the SIP Endpoint (Registering) homepage shown in 
Figure 10.  

As with the Static SIP Endpoints, Hunt Groups and VoIP Destinations have been automatically 
configured as Derived Resources. You will need to press commit for your changes to be applied. 
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4.0 Routing  
 

With the SIP Endpoints configured, you now need to define Routing.  There are different types of 
routing available: 

• Unidirectional Routing 
• Bidirectional Routing 
• Custom Routing (DbParameter) 

 

4.1 Custom Routing (DbParameter) 
 
For greater flexibility with routing there are several Wizards located in Routing > Custom which 
offer routing based on specific scenarios e.g. SQL, Least Cost & Time of day. In this example we are 
going to use the Wizard: DB Parameter to create two Point to Point Routes (Unidirectional) call 
routes with the SIP endpoints SIP_0, SIP_1 and bind them together using Wizard: Routing which 
allows much greater freedom in the service that can be provided to customers. 

Creating the Wizard 

• We are going to create a route that traffics call from SIP_0 -> SIP_1  
• Navigate to: Configuration -> Wizards -> Routing -> Custom -> Db parameter 

• Click  to create a new Wizard. 
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Name  

• First give the Route a Name that is relevant and easy to remember for reference. 

Incoming Hunt 

• Next, we need to configure the Hunt group for Incoming Hunt (inhunt) this will define 
which SIP Endpoint(s) will receive all incoming call traffic. 

• Click to open the HuntGroup Resource editor 
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• This Window is Currently blank, to add a new SIP endpoint to the Hunt group 

Click  

• All available resources that can be added to an HuntGroup will now be shown, in this 
instance SIP_0 & SIP_1 

• Use the Check Box  to select an SIP Endpoint to use i.e. SIP_0 

• Click  

 

• SIP_0 has now been associated to the incominghunt, Click  to return to the 
Wizard. 

• You should also see SIP_0 has been added to the HuntGroup. 
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Routes 

• Next the Hunt group Routes needs to be configured this will set the SIP endpoint(s) all 
traffic will be routed to 

• Click  to open the HuntGroup Resource editor 
• Follow the same step as taken for Incoming Hunt but selecting SIP_1 to use. 

• Click  twice to return to the Wizard. 
• You should now see SIP_1 has been added to Routes. 
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• Finally click  button and  changes to the SVI. 
• We have just created a route SIP_0 -> SIP_1 

Routing SIP_1 -> SIP_0 

• Next, we need to use the Wizard: Db parameter again to create a route from SIP_1 -> 
SIP_0 

• Follow the exact same steps that created the previous Wizard.  
• Once completed you should see two SIP routes SIP_1 -> SIP_0& SIP_0 -> SIP_1displayed in 

the initial Wizard Instance: Db parameter screen 
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Wizard: Routing 

• Next, we need to create the routing for the two Db parameter routes that have just been 
configured. 

• Navigate to: Configuration -> Wizards -> Routing -> Custom -> Routing 

 

• Click  to create a new Wizard. 
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Name 

• First give the Route a Name that is relevant and easy to remember to reference. 

MatchDB 

• Next, we need to configure the MatchDb resource, this will allow us to group the two 
previously configured Unidirectional SIP endpoints into a Bidirectional call flow resource. 

• Click  to open the MatchDb resource group editor

 
• This Window is Currently blank, to add a new SIP endpoint to the Huntgroup Click  

• Use the Check Box  to select New Db Parameter #0 & New Db Parameter #1 
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• Click  twice to return to the Wizard. 
• You should now see the two DbParamters have been added to MatchDb. 

 

Codec 

• Next the Codec need to be selected for the SIP route. 

• Click  to open the Codec selection screen. 
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• Select the Codec G711 ALAW & G711 ULAW and telephone-event which allows key tones. 

• Click  to close the window when you are finished. 
• The Finished Wizard should appear as below. 

 

• Finally click  button and  changes to the SVI. 
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4.2 Bidirectional Routing 
Bidirectional routing, as the name suggests, will send traffic to and from two set points. This type 
of routing is focused on SIP Endpoints, and uses these to determine to the routing of your traffic, it 
is simply A<->B.  

Creating the Wizard 

This Wizard will Configure Point to Point routing for a Bi-Directional Route A->B & B->A. 

• We are going to create a route that traffics call from SIP_0 -> SIP_1 and SIP_1 -> SIP_0 
• To create a new SIP Stack, Navigate to: Configuration -> Wizards -> Routing -> Automated -

> Point to Point Routing (Bidirectional) 

 

• Click  to create a new Wizard. 

Name 

• First give the Route a Name that is relevant and easy to remember for reference. 

Hunt 1 

• Next, we need to configure the Hunt group for hunt1 

• Click to open the HuntGroup Resource editor 

• This Window is currently blank, to add a new SIP endpoint to the Hunt group Click 
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• All available resources that can be added to an HuntGroup will now be shown, in this 
instance SIP_0 & SIP_1 

• Use the Check Box  to select an SIP Endpoint to use i.e. SIP_0 

• Click  

 
• SIP_0 is now be associated with the Huntgroup. 

• Click  to return to the Wizard. 
• You should now see SIP_0 has been added to the HuntGroup. 
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Hunt 2 

• Next step is to configure hunt2. 

• Click  to open the HuntGroup Resource editor 

 

• Use the Check Box  to select an SIP Endpoint to use i.e. SIP_0 

• Click  
• SIP_0 is now be associated with the Huntgroup. 
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• Click  to return to the Wizard. 

 

• Now calls will be routed from SIP_0 -> SIP_1 and SIP_1 -> SIP_0 

Codec 

• Next the Codec need to be selected to use for the SIP route. 
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• Click  to open the Codec selection screen. 

 

• Select the Codec G711 ALAW, G711 ULAW and telephone-event which allows key tones. 

• Click  to close the window when you are finished. 
• This is the last configuration required to create a Bi-Directional route, the Finished Wizard 

should look like this: 

 

• Finally click  to make the Wizard and  and  changes to the 
SVI. 

4.3 Unidirectional routing 
Point to Point Routing (Unidirectional) 
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This Wizard will configure Point to Point Routing for an (Unidirectional) route A->B, using the SIP 
Endpoints configured previously in "Configuring SIP Endpoint". 

Note: A real world scenario for a Unidirectional route would be for a premium rate phone voting 
service for Land line traffic. 

• We are going to create a route that traffics call from SIP_0 -> SIP_1 
• To create a new SIP Stack, Navigate to: Configuration -> Wizards -> Routing -> Automated -

> Point to Point Routing (Unidirectional) 

 

• Click  to create a new Wizard. 

 

Name 

• First give the Route a Name that is relevant and easy to remember to reference. 

Incoming Hunt 

• Next, we need to configure the Hunt group for Incoming Hunt (inhunt) this will define 
which SIP Endpoint(s) will receive incoming call traffic. 
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• Click  to open the HuntGroup Resource editor 

 

• This Window is Currently blank, to add a new SIP endpoint to the Hunt group Click 

  

 

• All available resources that can be added to an HuntGroup will now be shown, in this 
instance SIP_0 & SIP_1 

• Use the Check Box  to select an SIP Endpoint to use i.e. SIP_0 

• Click  
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• SIP_0 is now be associated with the Huntgroup. 

• Click  to return to the Wizard. 
• You should now see SIP_0 has been added to the HuntGroup. 
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Routes (outhunt) 

• Next the Hunt group Routes (outhunt) needs to be configured this will set the SIP 
endpoint(s) all traffic will be routed too. 

• Click  to open the HuntGroup Resource editor 
• Follow the same step as taken for Incoming Hunt but selecting a new SIP endpoint to use. 

• Click  twice to return to the Wizard. 
• You should see that SIP_0 and SIP_1 have been added. 

 

Codec 

• Next the Codec need to be selected to use for the SIP route. 

 

• Click  to open the Codec selection screen. 
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• Select the Codec G711 ALAW, G711 ULAW and telephone-event which allows key tones. 

• Click  to close the window when you are finished. 
• This is the last configuration required to create a Unidirectional route, the Finished Wizard 

should look like this: 
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• Finally click  to make the Wizard and  and  changes to the 
SVI. 
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5.0 RTP 
5.1 RFC2833 DTMF payload transcoding 

If the SVI-SBC is configured to proxy media with the RTPROUTER, then it can be configured to 
transcode DTMF payloads. 
Minimum software version required: 

• mgway.v14_1_0 
• svi-voip.v15_6_0 or svi-proxy.v15_6_0 

The hunt group resource (this is created by the SIP Endpoint wizard) has an attribute “DTMF 
Payload Type”: 

 

 

This can be used to set the required RFC2833 payload that the SIP Endpoint supports, and the SBC will 
automatically transcode based on that value. The default value is 0 meaning the Endpoint supports all payload 
types. 

In the example above, the value is set to 96 as this endpoint only supports DTMF payload type 96. Other payload 
types will be transcoded if sent towards this endpoint. 

5.2 RTP Media Options 
The SVI-SBC supports enabling various features which control how the media data is passed across via the 
Squire RTPROUTER. It can also enable the collection of call related QOS statistics. 
 
There are various options available. They can be set by navigating to Resources -> VoIP Destination and 
selecting the “RTP options”: 

• Secure-Address - Instructs the RTP Router to check the originating address of RTP packets arriving are 
as the negotiated media path. Packets arriving from different addresses are dropped 
 

• Secure-PT - Instructs the RTP Router to check the payload type of RTP packets arriving are as the 
negotiated media path. Packets arriving with different payloads are dropped 
 

• Report-Stats - Instructs the RTP Router to report transmission and reception QOS statistics at the end 
of the call. This information is logged by the SVI into the CDR. 
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• Report-Jitter - Instructs the RTP Router to report jitter statistics in the transmission and reception QOS 

statistics at the end of the call, when Report-Stats is enabled. 
 

• Secure-VoIP - Instructs the RTP Router to check that packets arriving are RTP packets. Other (non-
RTP) packets are dropped. 
 

• Jitter-Settled - Instructs the RTP Router to wait for jitter to reach the minimum value before the average 
jitter is calculated. 
 

• Secure-RTP: 
Instructs the Transcoding MGWAY to use SRTP. MGWAY will generate a local crypto if the call is 
outgoing and the incoming leg has not provided a crypto indicating that the call needs to be using SRTP. 
 
If Report-Stats or Report-Jitter options are set the stats field in the CDRs will include the following string: 
 
SSRC=xxxxx,PR=xxxxx,PL=xxxxx,POS=xxxxx,JI=(x.xxx,x.xxx,x.xxx),BW=(x.xx,x.xx,x.xx),IPAS=xxx.xxx.
xxx.xxx,RTUS=xxxx,VCD=<vcd>;SSRC=xxxxx,PR=xxxxx,PL=xxxxx,POS=xxxxx,JI=(x.xxx,x.xxx,x.xxx),
BW=(x.xx,x.xx,x.xx),IPAS=xxx.xxx.xxx.xxx,RTUS=xxxx,VCD=<vcd>; 
 
Where 
SSRC = RTP SSRC for session 
PR = Total Packets Received 
PL = Packets lost 
POS = Packets out of order 
JI = Jitter (min, mean, max) 
BW = Bandwidth (min, mean, max) 
IPAS = Originating IP address 
RTUS = RTP Port number 
VCD = Codec 

5.3 SRTP Support 
If the SVI-SBC is configured to proxy media with the RTPROUTER, then it will support RTP, SRTP and 
RTP-SRTP interworking. The different modes available are: 

- SRTP – SRTP 
- SRTP – RTP 
- RTP – SRTP 
- RTP – RTP 

The default behaviour is that if SRTP is received, then we “offer” it to the receiving end: 
- The receiving end can accept, in which case the SBC will pass it back to originator and it will be 
transparent SRTP between the endpoints and SBC will not do any encrypt/decrypt  
- The receiving end can send normal SDP back without any SRTP, in which case SBC will do an 
interworking between SRTP on one side and RTP on the other. In this case the SBC will 
encrypt/decrypt for the originating side. 
 
If SRTP parameters are not received in incoming call and Secure-RTP is set in outgoing call VoIP 
Destination resource (See section 5.2) then the SBC will add SRTP crypto parameter into the 
outgoing INVITE SDP. If the far end accepts it, then the call will be an RTP-SRTP interworking with 
SRTP happening in the outgoing call leg from SBC’s point of view. 
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6.0 SSME 
The Squire Technologies "Squire's Manipulation Engine" or SSME is used within the SVI to enable 
setting up rules allowing for the filtering and manipulation of SIP methods and headers. 
 

The SSME provides the following functionality. 

• Removal of a method’s headers 

• Modification of a method’s headers 

• Addition of new headers 

• Response Code Mapping 

• Modification and addition of headers based upon contents of existing headers within same method 

• Multiple conditional support allowing for actions being performed depending on contents of 
method. 

• Different actions can be applied to different SIP endpoints or groups of SIP endpoints. 

There is an in-depth guide on how to use SSME available on our website. 
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7.0 Troubleshooting 
The SVI-MS user guide provides detailed information on how to support the SVI product range. This 
section covers setting up the relevant debug information for the SVI SBC. 

7.1 Debugging Levels 
The following table specifies the debug which should be active to enable Squire Support desk to 
investigate an issue quickly and effectively within the SVI SBC. 

 Debugging Levels 
Issue Task Discriminator PCAP Log File 

SIP call issue SIP 
CallControl 

DIS_IP 
DIS_CC_TX 
DIS_CC_RX 
DIS_SIP_TX 
DIS_SIP_RX 

Yes Gateway log 
Wireshark trace 

H323 call issue H323 
CallControl 

DIS_H245 
DIS_CC_TX 
DIS_CC_RX 

Yes Gateway log 
Wireshark trace 

Speech issue SIP 
MGCP 
CallControl 

DIS_IP 
DIS_MGCP 
DIS_SWITCH 
DIS_CC_TX 
DIS_CC_RX 

Yes 
(From both 
planes if 
redundant) 

Gateway log 
Wireshark trace 
MG log (located in 
/home/squire/rtprouter/) 

Routing Issue CallControl 
Routing* 

DIS_CC_TX 
DIS_CC_RX 

No Gateway log 

SQL routing 
Issue** 

SQL DIS_SQL No Gateway log 

*Routing debug is enabled through the options attribute on the Debug resource. This is accessible 
through the Resource tab under the system template. 

 

Within the Debug resource the Options attribute will provide a dialogue box as shown below for 
selecting Routing debug.  

 

The Gateway log will output verbose information about the routing decisions made, if assistance is 
required in reading the logs, please contact Squire Support. 
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** SQL routing issues might require further debugs being enabled inside mysql engine. Please 
contact Squire Support for assistance with this as it can impact the quality of service. 

 IES (Information Elements) 
This option is required to be enabled whenever outputting debug for investigating any issues, the 
information elements options enables the verbose output of the TDM debugging to see a textual 
decode of the messages within the Gateway log.  

 Detailed 
This option is only required for very specific issue where only the hexadecimal directly is required 
to be investigated. The detailed option adds a complete hexadecimal dump of each message 
printed to the Gateway log at the same time.  

7.2 Housekeeping 
After running the SVI for any period logs and call data records will begin to accumulate. It is up to 
you the customer to put in place measures to ensure these are archived as required for your 
company. Instructions on how to archive logs, CDR’s and backup your system can be found in our 
Maintenance Guide 
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8.0 Further Information 
 

You should now be able to reconfigure your Session Border Controller successfully.   

If you require further help on the operation of the SVI or the MS, please visit https://www.squire-
technologies.co.uk/services/support/restricted/guides using the login details which you have 
previously been provided, as this contains the information found here as well as numerous other 
helpful resources for configuring your service.  

More information about resources and their attributes please see the Resource Glossary available 
on our website: 

VoIP SVI Resource Glossary 

Internal Routing SVI Resource Glossary 

These resource definitions can also be found from within the “tel” interface from software version 
svi-voip.v16_3_0 and onwards: 

- Typing “syntax” will show you all the available resources. 
- Typing “syntax <resource name>” will show you a description for every attribute of that 

resource. 
- Typing “syntax <resource name> <attribute name>” will show you information about one 

particular attribute. 
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9.0 Function Specific Features 
These are available from the Support Desk, solutions upon request. 

Title Description Reference 
Number/Digit Length 
Matching on CDPN 

To match a certain length of digits in a called party 
number 

00000239 

TLS Support TLS transport for SIP. 00000455 
Ringback tone generation The configuration required to play ringback in SBC 

proxy mode 
00000939 

   
   

 

Please quote the relevant Reference above when contacting our Support Team to obtain further 
information. 

 


