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1 General Procedures 
 

The purpose of this document is to describe system-wide configuration items that are specifically required for 
each Clearspan to inter-work with XO networks. The document doesn’t include Clearspan typical configurations. 

 

Step Descriptions Details 

 

Step 1 Setup non-E164 number 
format for Clearspan 
outgoing SIP signaling 
messages. 

Access to the Clearspan’s Application Server 
CLI to check or modify the sendE164 parameter. 

Step 2 Setup the Clearspan outgoing 
SIP traffic routes destined for 
XO networks via Clearspan 
SSM/SBC. 

Access to the Clearspan’s Network Server CLI to 
setup Clearspan outgoing SIP message routes 
destined for XO networks from Clearspan 
Central to Clearspan’s SIP Session Manager 
(SSM/SBC). Clearspan SSM/SBC will be used 
as a network routing element for routing SIP 
signaling traffic to XO networks. 

Step 3 Setup Clearspan SSM/SBC. Access to the Clearspan SSM/SBC to setup 
routes to XO, define XO signaling server, and 
create session-config entries and dial plans. 

 



2 Interop Environment 

 
 
Clearspan Central: Release 17 SP2      XO: Packages 1 & 2 
Clearspan SSM/SBC: 3.6.0, Build 46815     SIP Trunk Registration: Static 
Audiocodes Gateways: 6.00A.050.004 
Aastra 67xxi SIP Phones: 3.2.2.1018 
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3 Clearspan Application Servers 
 
Since XO doesn’t support E164 number format, Clearspan Application Servers should be provisioned to 
exclude E164 phone number format in the outgoing SIP messages to XO networks. Login to Clearspan AS 
and check the sendE164 parameter. The parameter should be set to false. 
 
To check the sendE164 parameter, execute the following command: 
 
AS_CLI/Interface/SIP> get 
  t1 = 500 
  t2 = 4000 
  maxForwardingHops = 10 
  inviteAuthenticationRatio = 1.0 
  encryptFromHeader = false 
  100rel = true 
  useDomainForSubscriberAddress = false 
  accessControl = false 
  sendE164 = false 
  suspiciousAddressThreshold = 3 
  privacyVersion = RFC3323 
  privacyEnforceScreening = false 
  listeningPort = 5060 
  networkProxyHost = 
  networkProxyPort = 
  networkProxyTransport = unspecified 
  accessProxyHost = 
  accessProxyPort = 
  accessProxyTransport = unspecified 
  supportDnsSrv = true 
  maxAddressesPerHostname = 10 
  maxAddressesPerHostnameInDialog = 4 
  useDomainForRealm = false 
  defaultRealm = BroadWorks 
  includeT38CapabilityInfo = false 
  reInviteAuthentication = true 
  supportAnswerAfter = true 
  networkSupportGtd = false 
  privateDialPlanOriginatorUsesExtension = false 
  disallowHoldingEmergencyCall = false 
  use3264Hold = true 
  callingPartyCategoryFormat = none 
  networkSupportInviteWithoutSdp = false 
  symmetricSignaling = false 
  supportTcp = true 
  supportDnsNaptr = false 
  sendCarrierSelection = false 
  sendDialedCAC = false 
  originatingTrunkGroupFormat = otg 



  destinationTrunkGroupFormat = dtg 
  supportRFC3398 = false 
  restrictedDisplayName = Anonymous 
  maxNumberTcpSocketsPerSystem = 1000 
  maxNumberTcpSocketsPerPeer = 100 
  autoDiscardStaleConnections = false 
  staleConnectionTimerInMinutes = 60 
  treatDTMFPoundAsFlash = true 
  supportPEarlyMediaHeader = false 
  sendDiversionInhibitor = false 
  networkSupportVideo = true 
  callingPartyE164Normalization = systemCountryCode 
  supportRFC3966PhoneContext = true 
  includePrivacyUser = true 
  broadworksHoldingSDPMethod = holdSDP 
  broadworksHoldingSDPNetAddress = 
  useStrictRFC3264Compliance = false 
  disableSDPChangesForAnswerResponses = false 
  accessForkingSupport = multipleDialogsWithErrorCorrection 
  networkForkingSupport = multipleDialogsWithErrorCorrection 
  proxyInfoInAllowHeader = false 
  proxyUpdateInAllowHeader = true 
  useSessionCompletionTimer = false 
  sessionCompletionTimer = 5000 
  useHistoryInfoHeaderOnNetworkSide = false 
  requiresBroadWorksDigitCollection = false 
  supportXFeatureControl = false 
  chargeHeaderFormat = charge 
  forceAnswerSDPOnAnswer = true 
  sendXBroadWorksDNCHeader = false 
  encryptXBroadWorksDNCHeader = false 
  xBroadWorksDNCHeaderKey = m!rUqR\x24T8Z7NgSyD 
  allowBroadWorksConferenceInfo = false 
  sendCallerNameInfoForNetworkCalls = true 
  includeClassmark = false 
  send181Response = false 
  routeToTrunkingDomainByDefault = false 
  clusterAddress = 
  disabledCLIDNumberValue = 
 
To change the sendE164 parameter, execute the following command: 
 
AS_CLI/Interface/SIP> set sendE164 false 
 



4 Clearspan Network Servers 
 

There are multiple ways to setup outgoing traffic routes from Clearspan to XO networks. The following example 
shows how to define a Clearspan SSM/SBC as a routing network element in Clearspan Network Servers for 
routing outgoing traffic from Clearspan Central to XO networks. Login to a Clearspan Network Server and 
perform the following steps. 

Step 1: Add Clearspan SSM/SBC as a routing network element to XO networks. 

Add xo routing network element as follows: 

NS_CLI/System/Device/RoutingNE> add xo 1214635 1 50  NIL_PROFILE false OnLine NONE 
 
 

Check the results: 
 
NS_CLI/System/Device/RoutingNE> get 
 
Network Element  xo 
   Location      =  1214635 
   Static Cost   =  1 
   Static Weight =  50 
   Poll          =  false 
   OpState       =  enabled 
   State         =  OnLine 
   Profile       =  NIL_PROFILE 
   Signaling Attributes= 
 
1 entry found. 
 
 
 

Step 2: Define an IP address and a specific port of a Clearspan SSM/SBC dedicated exclusively for routing 
outgoing traffic from Clearspan to XO networks. Repeat the below commands for additional Clearspan SSM/SBC 
units. 
 

 
Define Clearspan SSM/SBC’s IP address and port for the xo routing network element: 
 
NS_CLI/System/Device/RoutingNE/Address> add xo 10.7 0.100.69 1 50 5069 udp 
 
 

Check the results: 
 
NS_CLI/System/Device/RoutingNE/Address> get 
 
About to access 1 entry. Continue? 
 
Please confirm (Yes, Y, No, N): y 
Retrieving data... Please wait... 
    Routing NE  Address         Cost  Weight  Port  Transport 
=================================================== ======== 
            xo  10.70.100.69     1      50    5069     udp 
 



1 entry found. 
 
 
 

Step 3: The following example shows how to allow specific call types to be routed from Clearspan to XO 
networks. 
 
Add instant ToXO to SrvCtrRtg policy: 
 
NS_CLI/Policy/SvcCtrRtg> add ToXO true 
 
 

 
Allow specific call types to be routed from Clearspan endpoints with prefix 214635 to XO networks: 
 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO LO 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO IN 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO DA 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO OA 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO OAP 1214635 1214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO POA 1214635 1214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO TF 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO TO 1214635 1 214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO TPS 1214635 1214635 1 99 callSelector All 
NS_CLI/Policy/SvcCtrRtg/SCRL> add ToXO EM 1214635 1 214635 1 99 callSelector All 
 

 
Check the results: 
 
NS_CLI/Policy/SvcCtrRtg/SCRL> get ToXO 
Policy: SvcCtrRtg  Instance: ToXO  Table: SCRL 
id callType from  to   callSelector address routing NE trunkgroupID cost weight dmi dtg 
=================================================== ================================ 
10 {TPS}    1214635 1214635 {All}                  xo                   1      99   -1 
11 {EM}     1214635  1214635 {All}                  xo                   1      99   -1 
2  {LO}     1214635  1214635 {All}                  xo                   1      99   -1 
3  {IN}     1214635  1214635 {All}                  xo                   1      99   -1 
4  {DA}     1214635  1214635 {All}                  xo                   1      99   -1 
5  {OA}     1214635  1214635 {All}                  xo                   1      99   -1 
6  {OAP}    1214635  1214635 {All}                  xo                   1      99   -1 
7  {POA}    1214635  1214635 {All}                  xo                   1      99   -1 
8  {TF}     1214635  1214635 {All}                  xo                   1      99   -1 
9  {TO}     1214635  1214635 {All}                  xo                   1      99   -1 
 
10 entries found. 



5 Clearspan SSM/SBC 

5.1 Setup XO Signaling and Media Routes 
The following example shows how to setup signaling and media routes from a Clearspan SSM/SBC to XO 
networks. The routes should be defined specifically for a Clearspan SSM/SBC’s public interface. There are two 
methods defining the routes either via graphical interface or configuration file of a Clearspan SSM/SBC. The 
similar routes should be setup for other Clearspan SSM/SBC units. 

5.1.1 XO Signaling 
i.e. XO Signaling Server: 205.158.163.138 
 Clearspan Near-Side-NAT: 65.205.71.97 
 Clearspan Local Gateway: 10.70.100.200 
 

 
 
 



 
 
                    <route> 
                      <RouteEntry routeName="XO Signaling"> 
                        <admin>enabled</admin> 
                        <destination> 
                          <type>host</type> 
                          <hostaddress>205.158.163.138</hostaddress> 
                        </destination> 
                        <gateway>10.70.100.200</gateway> 
                        <metric>1</metric> 
                      </RouteEntry> 
                    </route> 
 

5.1.2 XO Media Server 1 
i.e. XO Media Server 1: 205.158.163.132 
 Clearspan Near-Side-NAT: 65.205.71.97 
 Clearspan Local Gateway: 10.70.100.200 
 



 
 
 
                    <route> 
                      <RouteEntry routeName="XO Media 1"> 
                        <admin>enabled</admin> 
                        <destination> 
                          <type>host</type> 
                          <hostaddress>205.158.163.132</hostaddress> 
                        </destination> 
                        <gateway>10.70.100.200</gateway> 
                        <metric>1</metric> 
                      </RouteEntry> 
                    </route> 
 
 



5.1.3 XO Media Server 2 
i.e. XO Media Server #2: 205.158.163.133 
 Clearspan Near-Side-NAT: 65.205.71.97 
 Clearspan Local Gateway: 10.70.100.200 
 

 
 
                    <route> 
                      <RouteEntry routeName="XO Media 2"> 
                        <admin>enabled</admin> 
                        <destination> 
                          <type>host</type> 
                          <hostaddress>205.158.163.133</hostaddress> 
                        </destination> 
                        <gateway>10.70.100.200</gateway> 
                        <metric>1</metric> 
                      </RouteEntry> 
                    </route> 



5.2 Define XO Signaling Server 
The following example shows how to define a XO Signaling Server. There are two methods defining the server 
either via graphical interface or configuration file of a Clearspan SSM/SBC. 
 
i.e. XO Signal Server’s name: XO 
 XO Signal Server’s domain name: 205.158.163.138 

XO Signal Server’s IP address: 205.158.163.138 
XO Signal Server’s port: 5060 

 
Go to the enterprise/servers menu and add a sip-gateway named XO. 
 

 
 
 
 
 



Go to the enterprise/servers/sip-gateway XO menu and add a server-pool named XO Signaling Server. The 
server pool could contain one or more servers with different priorities. 
 

 
 
 
Instead of using a graphical editing method to define XO Signaling Server, the following XML codes could 
be added to a Clearspan SSM/SBC’s configuration file. 
 
            <server> 
              <SipApplicationServer name="XO"> 
                <admin>enabled</admin> 
                <namedLookup>default</namedLookup> 
                <domain>205.158.163.138</domain> 
                <routingSetting> 
                  <normalization>true</normalization> 
                  <outbound-association>true</outbound-association> 
                </routingSetting> 



                <failoverDetect>none</failoverDetect> 
                <failoverTermination>disabled</failoverTermination> 
                <huntingType>sequential</huntingType> 
                <loopDetection>tight</loopDetection> 
                <local>0.0.0.0</local> 
                <pingInterval>10</pingInterval> 
                <forkDelay>0</forkDelay> 
                <routingType>provider</routingType> 
                <deadThreshold>4</deadThreshold> 
                <deadFallbackTimeout>300</deadFallbackTimeout> 
                <serverPoolFlush>disabled</serverPoolFlush> 
                <maxInterval>86400</maxInterval> 
                <minInterval>3600</minInterval> 
                <regReuqestTimeout>10</regReuqestTimeout> 
                <routingLookupOn3xx>enabled</routingLookupOn3xx> 
                <unregisteredSenderDirective> 
                  <directive>allow</directive> 
                </unregisteredSenderDirective> 
                <messagefiltering> 
                  <type>none</type> 
                </messagefiltering> 
                <serverType>sip-proxy</serverType> 
                <serverPool> 
                  <ServerPool> 
                    <server> 
                      <ServerContact serverName="XO Signaling Server"> 
                        <admin>enabled</admin> 
                        <namedLookup>default</namedLookup> 
                        <host>205.158.163.138</host> 
                        <transport> 
                          <value>UDP</value> 
                        </transport> 
                        <port>5060</port> 
                        <localIP>0.0.0.0</localIP> 
                        <localPort>0</localPort> 
                        <connectionRole>initiator</connectionRole> 
                        <connectionRetryInterval>5</connectionRetryInterval> 
                        <preference>none</preference> 
                        <admissionControl>disabled</admissionControl> 
                        <emissionControl>disabled</emissionControl> 
                        <maxBandwidth>unlimited</maxBandwidth> 
                        <maxCalls>10</maxCalls> 
                        <maxCallsInFlight>10</maxCallsInFlight> 
                        <callRateLimiting> 
                          <admin>disabled</admin> 
                        </callRateLimiting> 
                        <maxRegistrations>1000</maxRegistrations> 
                        <maxRegsInFlight>300</maxRegsInFlight> 
                        <externalOutboundNormalization> 
                          <option>no</option> 
                        </externalOutboundNormalization> 



                        <externalInboundNormalization> 
                          <option>no</option> 
                        </externalInboundNormalization> 
                        <handleUnregisterLocally>disabled</handleUnregisterLocally> 
                        <gkId> 
                          <type>dynamic</type> 
                        </gkId> 
                      </ServerContact> 
                    </server> 
                    <callRoutingOn>request-uri</callRoutingOn> 
                    <dialogFailover>disabled</dialogFailover> 
                  </ServerPool> 
                </serverPool> 
              </SipApplicationServer> 
            </server> 
 
 
 



5.3 Add Session-Config-Entry 
The following example shows how to define session configure parameters from XO networks to Clearspan and 
vice versa. There are two methods defining these parameters either via graphical interface or configuration file of 
a Clearspan SSM/SBC. 
 

5.3.1 From XO to Clearspan 
 
i.e. The following special settings are required. The rest of settings are Clearspan defaults. 
 

Name: From XO 
 Request-URI: 

�  Change host name to tb20hq.aastra.com, matching with one of allowed Clearspan domain 
names. 

�  Change port number to 5060. 
To-URI: 
�  Change host name to tb20hq.aastra.com, matching with one of allowed Clearspan domain 

names. 
�  Change port number to 5060. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



Request-URI parameters of From XO session-configure entry could be defined as follows: 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



To-URI parameters of To XO session-configure entry could be defined as follows: 
 

 
 
 



Instead of using a graphical editing method to define From XO session-configure entry, the following XML 
codes could be added to a Clearspan SSM/SBC’s configuration file. 
 
        <sessionConfigEntry> 
          <NamedSessionConfig name="From XO"> 
            <toURISpecification> 
              <ToURISource> 
                <user>to-uri</user> 
                <host>tb20hq.aastra.com</host> 
                <port>5060</port> 
                <display>to-uri</display> 
                <transport>to-uri</transport> 
                <userparam>omit</userparam> 
                <userTruncateNonDigits>disabled</userTruncateNonDigits> 
                <addOLITag>0</addOLITag> 
                <stripDigits>0</stripDigits> 
              </ToURISource> 
            </toURISpecification> 
            <requestURISpecification> 
              <RequestURISource> 
                <user>request-uri</user> 
                <host>tb20hq.aastra.com</host> 
                <port>5060</port> 
                <transport>request-uri</transport> 
                <userparam>omit</userparam> 
                <userTruncateNonDigits>disabled</userTruncateNonDigits> 
                <applyRouting>false</applyRouting> 
                <useLocationCacheContactURI>true</useLocationCacheContactURI> 
              </RequestURISource> 
            </requestURISpecification> 
            <inboundContactURISpecification> 
              <ContactURISource> 
                <user>contact-uri</user> 
                <host>CXC-address</host> 
                <port>CXC-local-port</port> 
                <transport>next-hop-transport</transport> 
                <addMaddr>disabled</addMaddr> 
                <useIncomingContact>disabled</useIncomingContact> 
                <fromUserContactURI>disabled</fromUserContactURI> 
                <regPlanPrecedence>false</regPlanPrecedence> 
                <addOtherParams>disabled</addOtherParams> 
                <alwaysIncludeContactHeader>disabled</alwaysIncludeContactHeader> 
                <useIncomingRequestURI>disabled</useIncomingRequestURI> 
              </ContactURISource> 
            </inboundContactURISpecification> 
            <MediaPolicy> 
              <MediaPolicy> 
                <anchor>auto</anchor> 
                <untaggedAutoAnchor>disabled</untaggedAutoAnchor> 
                <encodeAutoAnchor>true</encodeAutoAnchor> 



                <releaseProvisionallyAnchoredMedia>false</releaseProvisionallyAnchoredMedia> 
                <natTraversal> 
                  <NatTraversal> 
                    <admin>enabled</admin> 
                    <symmetricRTP>true</symmetricRTP> 
                    <asymmetricRtpAddress>10.70.100.7/32</asymmetricRtpAddress> 
                    <asymmetricRtpAddress>10.70.101.12/32</asymmetricRtpAddress> 
                  </NatTraversal> 
                </natTraversal> 
                <repairEmptyCodecList>false</repairEmptyCodecList> 
                <stripBlockedStreams>false</stripBlockedStreams> 
                <resortSdp>false</resortSdp> 
                <conference> 
                  <admin>disabled</admin> 
                  <direction>out</direction> 
                </conference> 
                <stopIntroductionAfter180>false</stopIntroductionAfter180> 
                <inactivityTimeout> 
                  <admin>disabled</admin> 
                </inactivityTimeout> 
                <inactivityStyle>session</inactivityStyle> 
                <handleUnknownSDPLines>strip</handleUnknownSDPLines> 
                <pktMarking> 
                  <mode>tos</mode> 
                  <tosvalue>0xb8</tosvalue> 
                </pktMarking> 
                <rtpStats>disabled</rtpStats> 
                <reportLastRxTime>disabled</reportLastRxTime> 
                <rtcp> 
                  <action>pass</action> 
                  <log>false</log> 
                </rtcp> 
                <rtpMinConsecutive>3</rtpMinConsecutive> 
                <rtpSequenceJump>disabled</rtpSequenceJump> 
                <rtpDtmfMonitor>disabled</rtpDtmfMonitor> 
                <rtpSplice>disabled</rtpSplice> 
                <mirror>enabled</mirror> 
                <autoLoopback>disabled</autoLoopback> 
                <combineRecordingFragments>enabled</combineRecordingFragments> 
                <autoAnchorConsiderNat>enabled</autoAnchorConsiderNat> 
                <defaultSessBw>87</defaultSessBw> 
                <tagRouting>enabled</tagRouting> 
                <mediaResourceFailSIPCode>488</mediaResourceFailSIPCode> 
              </MediaPolicy> 
            </MediaPolicy> 
            <sipDirectiveSettings> 
              <SIPDirectiveSettings> 
                <directive> 
                  <directive>allow</directive> 
                </directive> 
              </SIPDirectiveSettings> 



            </sipDirectiveSettings> 
            <PresencePolicy> 
              <PresencePolicy> 
                <presenceServices>enabled</presenceServices> 
                <presenceXlation>voice-to-voice</presenceXlation> 
                <lcsTransport> 
                  <value>any</value> 
                </lcsTransport> 
                <messageBodyReplace> 
                  <expression /> 
                  <replacement /> 
                </messageBodyReplace> 
                <stKeepAlives>disabled</stKeepAlives> 
                <locationPresence> 
                  <type>disabled</type> 
                </locationPresence> 
              </PresencePolicy> 
            </PresencePolicy> 
            <ReferSettings> 
              <ReferSettings> 
                <referTo>enabled</referTo> 
                <fixReferToCallID>disabled</fixReferToCallID> 
              </ReferSettings> 
            </ReferSettings> 
            <SessionTimersSettings> 
              <SessionTimersSettings> 
                <admin>enabled</admin> 
                <preferredRefresher>UAC</preferredRefresher> 
                <sessionExpires>600</sessionExpires> 
                <minSE>90</minSE> 
                <sessionExpiredAction>Terminate</sessionExpiredAction> 
              </SessionTimersSettings> 
            </SessionTimersSettings> 
          </NamedSessionConfig> 
        </sessionConfigEntry> 



5.3.2 To XO from Clearspan 
 
i.e. The following special settings are required. The rest of settings are Clearspan defaults. 
 

Name: To XO 
 Request-URI: 

�  Change host name to 205.158.163.138, matching with the XO Signaling Server’s public IP 
address. 

�  Change port number to 5060, matching with the XO Signaling Server’s public IP address 
signaling port. 

To-URI: 
�  Change host name to 205.158.163.138, matching with the XO Signaling Server’s public IP 

address. 
�  Change port number to 5060, matching with the XO Signaling Server’s public IP address 

signaling port. 
From-URI: 
�  Change host name to 65.205.71.97, matching with the Clearspan SSM/SBC’s public IP address. 
�  Change port number to 5060, matching with the Clearspan SSM/SBC’s public IP address 

signaling port. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



Request-URI parameters of To XO session-configure entry could be defined as follows: 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



To-URI parameters of To XO session-configure entry could be defined as follows: 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



From-URI parameters of To XO session-configure entry could be defined as follows: 
 

 
 
 



Instead of using a graphical editing method to define From XO session-configure entry, the following XML 
codes could be added to a Clearspan SSM/SBC’s configuration file. 
 
        <sessionConfigEntry> 
          <NamedSessionConfig name="To XO"> 
            <toURISpecification> 
              <ToURISource> 
                <user>to-uri</user> 
                <host>205.158.163.138</host> 
                <port>5060</port> 
                <display>to-uri</display> 
                <transport>UDP</transport> 
                <userparam>omit</userparam> 
                <userTruncateNonDigits>disabled</userTruncateNonDigits> 
                <addOLITag>0</addOLITag> 
                <stripDigits>0</stripDigits> 
              </ToURISource> 
            </toURISpecification> 
            <fromURISpecification> 
              <FromURISource> 
                <user>from-uri</user> 
                <host>65.205.71.97</host> 
                <port>5060</port> 
                <display>from-uri</display> 
                <uaAwareDisplayTranslation>disabled</uaAwareDisplayTranslation> 
                <transport>UDP</transport> 
                <userparam>omit</userparam> 
                <userTruncateNonDigits>disabled</userTruncateNonDigits> 
                <addOLITag>0</addOLITag> 
                <copyChargeUriUser>disabled</copyChargeUriUser> 
                <stripDigits>0</stripDigits> 
              </FromURISource> 
            </fromURISpecification> 
            <requestURISpecification> 
              <RequestURISource> 
                <user>request-uri</user> 
                <host>205.158.163.138</host> 
                <port>5060</port> 
                <transport>UDP</transport> 
                <userparam>omit</userparam> 
                <userTruncateNonDigits>disabled</userTruncateNonDigits> 
                <applyRouting>false</applyRouting> 
                <useLocationCacheContactURI>true</useLocationCacheContactURI> 
              </RequestURISource> 
            </requestURISpecification> 
            <pAssertSpecification> 
              <PAssertURISource> 
                <user>from-uri</user> 
                <host>same-uri</host> 
                <port>same-uri</port> 



                <display>same-uri</display> 
                <transport>same-uri</transport> 
                <userparam>omit</userparam> 
                <create>false</create> 
                <useOrigFrom>false</useOrigFrom> 
              </PAssertURISource> 
            </pAssertSpecification> 
            <inboundContactURISpecification> 
              <ContactURISource> 
                <user>contact-uri</user> 
                <host>CXC-address</host> 
                <port>CXC-local-port</port> 
                <transport>next-hop-transport</transport> 
                <addMaddr>disabled</addMaddr> 
                <useIncomingContact>disabled</useIncomingContact> 
                <fromUserContactURI>disabled</fromUserContactURI> 
                <regPlanPrecedence>false</regPlanPrecedence> 
                <addOtherParams>disabled</addOtherParams> 
                <alwaysIncludeContactHeader>disabled</alwaysIncludeContactHeader> 
                <useIncomingRequestURI>disabled</useIncomingRequestURI> 
              </ContactURISource> 
            </inboundContactURISpecification> 
            <outboundContactURISpecification> 
              <ContactURISource> 
                <user>contact-uri</user> 
                <host>CXC-address</host> 
                <port>CXC-local-port</port> 
                <transport>next-hop-transport</transport> 
                <addMaddr>disabled</addMaddr> 
                <useIncomingContact>disabled</useIncomingContact> 
                <fromUserContactURI>disabled</fromUserContactURI> 
                <regPlanPrecedence>false</regPlanPrecedence> 
                <addOtherParams>disabled</addOtherParams> 
                <alwaysIncludeContactHeader>disabled</alwaysIncludeContactHeader> 
                <useIncomingRequestURI>disabled</useIncomingRequestURI> 
              </ContactURISource> 
            </outboundContactURISpecification> 
            <MediaPolicy> 
              <MediaPolicy> 
                <anchor>auto</anchor> 
                <untaggedAutoAnchor>disabled</untaggedAutoAnchor> 
                <encodeAutoAnchor>true</encodeAutoAnchor> 
                <releaseProvisionallyAnchoredMedia>false</releaseProvisionallyAnchoredMedia> 
                <natTraversal> 
                  <NatTraversal> 
                    <admin>enabled</admin> 
                    <symmetricRTP>true</symmetricRTP> 
                    <asymmetricRtpAddress>10.70.100.7/32</asymmetricRtpAddress> 
                    <asymmetricRtpAddress>10.70.101.12/32</asymmetricRtpAddress> 
                  </NatTraversal> 
                </natTraversal> 



                <repairEmptyCodecList>false</repairEmptyCodecList> 
                <stripBlockedStreams>false</stripBlockedStreams> 
                <resortSdp>false</resortSdp> 
                <conference> 
                  <admin>disabled</admin> 
                  <direction>out</direction> 
                </conference> 
                <stopIntroductionAfter180>false</stopIntroductionAfter180> 
                <inactivityTimeout> 
                  <admin>disabled</admin> 
                </inactivityTimeout> 
                <inactivityStyle>session</inactivityStyle> 
                <handleUnknownSDPLines>strip</handleUnknownSDPLines> 
                <pktMarking> 
                  <mode>tos</mode> 
                  <tosvalue>0xb8</tosvalue> 
                </pktMarking> 
                <rtpStats>disabled</rtpStats> 
                <reportLastRxTime>disabled</reportLastRxTime> 
                <rtcp> 
                  <action>pass</action> 
                  <log>false</log> 
                </rtcp> 
                <rtpMinConsecutive>3</rtpMinConsecutive> 
                <rtpSequenceJump>disabled</rtpSequenceJump> 
                <rtpDtmfMonitor>disabled</rtpDtmfMonitor> 
                <rtpSplice>disabled</rtpSplice> 
                <mirror>enabled</mirror> 
                <autoLoopback>disabled</autoLoopback> 
                <combineRecordingFragments>enabled</combineRecordingFragments> 
                <autoAnchorConsiderNat>enabled</autoAnchorConsiderNat> 
                <defaultSessBw>87</defaultSessBw> 
                <tagRouting>enabled</tagRouting> 
                <mediaResourceFailSIPCode>488</mediaResourceFailSIPCode> 
              </MediaPolicy> 
            </MediaPolicy> 
            <sipDirectiveSettings> 
              <SIPDirectiveSettings> 
                <directive> 
                  <directive>allow</directive> 
                </directive> 
              </SIPDirectiveSettings> 
            </sipDirectiveSettings> 
            <PresencePolicy> 
              <PresencePolicy> 
                <presenceServices>enabled</presenceServices> 
                <presenceXlation>voice-to-voice</presenceXlation> 
                <lcsTransport> 
                  <value>any</value> 
                </lcsTransport> 
                <messageBodyReplace> 



                  <expression /> 
                  <replacement /> 
                </messageBodyReplace> 
                <stKeepAlives>disabled</stKeepAlives> 
                <locationPresence> 
                  <type>disabled</type> 
                </locationPresence> 
              </PresencePolicy> 
            </PresencePolicy> 
            <ReferSettings> 
              <ReferSettings> 
                <referTo>enabled</referTo> 
                <fixReferToCallID>disabled</fixReferToCallID> 
              </ReferSettings> 
            </ReferSettings> 
            <SessionTimersSettings> 
              <SessionTimersSettings> 
                <admin>enabled</admin> 
                <preferredRefresher>UAC</preferredRefresher> 
                <sessionExpires>600</sessionExpires> 
                <minSE>90</minSE> 
                <sessionExpiredAction>Terminate</sessionExpiredAction> 
              </SessionTimersSettings> 
            </SessionTimersSettings> 
          </NamedSessionConfig> 
        </sessionConfigEntry> 
      </SessionConfigPool> 
    </sessionConfigPool> 



5.4 Add Dial Plans 
 
The following example shows how to define dial plans from XO to Clearspan and vice versa. There are two 
methods defining these dial plans either via graphical interface or configuration file of a Clearspan SSM/SBC. 

5.4.1 From XO to Clearspan 
 
The following dial plan is designed to route XO incoming SIP signaling traffic to Clearspan Central. XO 
sends signaling traffic messages to Clearspan Central via Clearspan SSM/SBC. Clearspan SSM/SBC only 
forwards SIP signaling messages to Clearspan Central when the filters defined in the From-XO dial plan 
are matched. The filters include XO Signaling & Media Servers’ public IP addresses. 
 
i.e. The following special settings are required. The rest of settings are Clearspan defaults. 
 

Name: From XO 
 Route Type: source route 

�  Source-match type: ipnet 
�  Source-ipnet: 205.158.163.138/25 (XO Signaling or Media Servers) 
�  Peer type: server 
�  Peer server: Clearspan Application Servers 
�  Session-config: From XO 

 



 
 
 
        <sourceRouteEntry> 
          <SourceRouteEntry name="From XO"> 
            <admin>enabled</admin> 
            <conditionListMatchSecondary>false</conditionListMatchSecondary> 
            <emergency>false</emergency> 
            <priority>100</priority> 
            <locationMatchPreferred>up-to-outbound-peer</locationMatchPreferred> 
            <action>forward</action> 
            <responseCode>200</responseCode> 
            <peer> 
              <type>server</type> 
              <serverserver> 
                <SipApplicationServer name="vsp\enterprise\servers\sip-gateway AS1&amp;AS2" /> 
              </serverserver> 
            </peer> 
            <applyMethod> 



              <INVITE>true</INVITE> 
              <REFER>true</REFER> 
              <MESSAGE>true</MESSAGE> 
              <INFO>true</INFO> 
              <OPTIONS>true</OPTIONS> 
            </applyMethod> 
            <requestUser> 
              <type>no</type> 
            </requestUser> 
            <toUser> 
              <type>no</type> 
            </toUser> 
            <fromUser> 
              <type>no</type> 
            </fromUser> 
            <admissionControl>enabled</admissionControl> 
            <maxBandwidth>unlimited</maxBandwidth> 
            <maxCalls>10</maxCalls> 
            <sessionConfigPool> 
              <NamedSessionConfig name="vsp\session-config-pool\entry &quot;From XO&quot;" /> 
            </sessionConfigPool> 
            <toURLMatch> 
              <type>ipnet</type> 
              <sourceNetsourceNet>205.158.163.138/25</sourceNetsourceNet> 
            </toURLMatch> 
          </SourceRouteEntry> 
        </sourceRouteEntry> 



5.4.2 To XO from Clearspan 
 
The following dial plan is designed to route Clearspan outgoing SIP signaling traffic to XO from Clearspan 
Central. Clearspan Central sends signaling traffic messages to XO via Clearspan SSM/SBC designated as a 
routing network element. Clearspan SSM/SBC only forwards SIP signaling messages to XO networks when 
the filters defined in the To-XO dial plan are matched. The filters include Clearspan’s LAN IP address and 
a correct signaling port defined in Clearspan Network Servers. See Clearspan Network Servers section for 
more details. 
 
i.e. The following special settings are required. The rest of settings are Clearspan defaults. 
 

Name: To XO 
 Route Type: source route 

�  Source-match type: local-port 
�  Local-port: 5069 (Clearspan SSM/SBC internal IP address port) 
�  Local-ip: 10.70.100.69 (Clearspan SSM/SBC internal IP address) 
�  Peer type: server 
�  Peer server: XO Signaling Server 
�  Session-config: To XO 

 



 
        
 
         <sourceRouteEntry> 
          <SourceRouteEntry name="To XO"> 
            <admin>enabled</admin> 
            <conditionListMatchSecondary>false</conditionListMatchSecondary> 
            <emergency>false</emergency> 
            <priority>100</priority> 
            <locationMatchPreferred>up-to-outbound-peer</locationMatchPreferred> 
            <action>forward</action> 
            <responseCode>200</responseCode> 
            <peer> 
              <type>server</type> 
              <serverserver> 
                <SipApplicationServer name="vsp\enterprise\servers\sip-gateway XO" /> 
              </serverserver> 
            </peer> 
            <applyMethod> 



              <INVITE>true</INVITE> 
              <REFER>true</REFER> 
              <MESSAGE>true</MESSAGE> 
              <INFO>true</INFO> 
              <OPTIONS>true</OPTIONS> 
            </applyMethod> 
            <requestUser> 
              <type>no</type> 
            </requestUser> 
            <toUser> 
              <type>no</type> 
            </toUser> 
            <fromUser> 
              <type>no</type> 
            </fromUser> 
            <admissionControl>enabled</admissionControl> 
            <maxBandwidth>unlimited</maxBandwidth> 
            <maxCalls>10</maxCalls> 
            <sessionConfigPool> 
              <NamedSessionConfig name="vsp\session-config-pool\entry &quot;To XO&quot;" /> 
            </sessionConfigPool> 
            <toURLMatch> 
              <type>local-port</type> 
              <localPortlocalPort>5069</localPortlocalPort> 
              <localPortlocalIP>10.70.100.69</localPortlocalIP> 
            </toURLMatch> 
          </SourceRouteEntry> 
        </sourceRouteEntry> 
 
 
 
 
 



6 Clearspan SIP Endpoints 
 
The following is an example of Aastra SIP phone’s configuration file that could be downloaded from a Clearspan 
HTTP server. There is no special setting required for these endpoints to interwork with XO networks. The 
information provided below is for references only. 
 
######## 
#   Aastra.cfg for Clearspan Version 1.1.0 
# dated 3/16/2009 
######## 
 
######## 
# Config File ONLY Settings 
######## 
web interface enabled: 1 
directory disabled: 1 
sip update callerid: 0 
 
######## 
# Preferences 
######## 
sip digit timeout: 4 
suppress dtmf playback: 1 
stutter disabled: 1 
goodbye cancels incoming call: 1 
dnd key mode: 0 
call forward key mode: 0 
sip allow auto answer: 1 
sip intercom mute mic: 0 
priority alerting enabled: 0 
live dialpad: 1 
 
######## 
# Account Settings 
######## 
call forward disabled: 0 
 
######## 
# Global SIP Settings 
######## 
 
sip proxy port: 5060 
sip registrar port: 5060 
sip registration period: 3600 
sip as-feature-event subscription: 1 
sip line1 as-feature-event subscription: 1 
sip line2 as-feature-event subscription: 1 
sip line3 as-feature-event subscription: 1 
sip line4 as-feature-event subscription: 1 
sip line5 as-feature-event subscription: 1 
sip line6 as-feature-event subscription: 1 
sip line7 as-feature-event subscription: 1 
sip line8 as-feature-event subscription: 1 
sip line9 as-feature-event subscription: 1 



sip as-feature-event subscription period: 600 
sip send mac: 1 
sip send line: 1 
sip session timer: 0 
sip T1 timer: 500 
sip T2 timer: 4000 
sip transaction timer: 4000 
sip registration retry timer: 30 
sip registration timeout retry timer: 30 
sip registration renewal timer: 20 
sip blf subscription period: 3600 
sip rtp port: 3000 
sip out-of-band dtmf: 1 
sip dtmf method: 0 
sip use basic codecs: 1 
sip silence suppression: 0 
two call support: 0 
 
############: 
# Action URI Settings 
############: 
 
 
action uri startup: http://10.70.100.92:8080/Aastra AutoInstall/install 
  
 
########## 
# Clearspan Device: XO 5867 
# Device Profile Name: XO 5867 
# MAC.cfg Dated: 2011.08.05 15:01:13:935 CDT 
# Group: HeadQuarter 
# Enterprise: SystemValidation 
# Device Type: Aastra 57i 
# Template: <Default> 
# Template Dated: Aug 3, 2011 9:29:14 AM 
########## 
 
########## 
#System Settings 
########## 
sip dial plan: "[2-7]XXX|8[2-9]XXXXXXXXX|81[2-
9]XXXXXXXXX|80X+#|810X+#|911|8911|81911|0|#8|#XX|*6 10|*XX|" 
admin password: 22222 
auto resync mode: 3 
auto resync time: 03:00 
sip vmail: *62 
sprecode: *68 
pickupsprecode: *88 
directed call pickup: 1 
directed call pickup prefix: *97 
play a ring splash: 1 
contact rcs: 0 
sip as-feature-event subscription period: 600 
sip digit timeout: 16 
sip blf subscription period: 600 
sip blacklist duration: 600 
sip T1 timer: 500 



download protocol: http 
http server: 10.70.100.92 
http path: web 
priority alerting enabled: 1 
 
########## 
#Enterprise Settings 
########## 
sip dial plan: "3[3-5]XXXX|63XXX|1XXX|2XXX|3[1-
2]XX|40XX|7XXX|80X+#|810X+#|411|8911|81911|90XX|910 X|911|92XX|0|#8|#XX|*610|*XX|8[2-
9]XXXXXXXXX|81[2-9]XXXXXXXXX" 
sip blf subscription period: 739 
 
########## 
#Group Settings 
########## 
action uri startup: 
dns1: 10.70.103.64 
time server disabled: 0 
time server1: 10.70.100.92 
time server2: 10.70.101.56 
time format: 0 
date format: 0 
dst config: 3 
time zone name: US-Central 
time zone code: CST 
sip line1 proxy ip: tb20hq.aastra.com 
sip line1 proxy port: 5060 
sip line1 registrar ip: tb20hq.aastra.com 
sip line1 registrar port: 5060 
sip line1 outbound proxy: tb20hq.aastra.com 
sip line1 outbound proxy port: 0 
sip line2 proxy ip: tb20hq.aastra.com 
sip line2 proxy port: 5060 
sip line2 registrar ip: tb20hq.aastra.com 
sip line2 registrar port: 5060 
sip line2 outbound proxy: tb20hq.aastra.com 
sip line2 outbound proxy port: 0 
sip line3 proxy ip: tb20hq.aastra.com 
sip line3 proxy port: 5060 
sip line3 registrar ip: tb20hq.aastra.com 
sip line3 registrar port: 5060 
sip line3 outbound proxy: tb20hq.aastra.com 
sip line3 outbound proxy port: 0 
sip line4 proxy ip: tb20hq.aastra.com 
sip line4 proxy port: 5060 
sip line4 registrar ip: tb20hq.aastra.com 
sip line4 registrar port: 5060 
sip line4 outbound proxy: tb20hq.aastra.com 
sip line4 outbound proxy port: 0 
 
########## 
#Line Definitions 
########## 
sip line1 display name: "214-635-5867" 
sip line1 screen name: One Clearspan 
sip line1 screen name 2: 355867 



sip line1 display name: One Clearspan 
sip line1 user name: 2146355867 
sip line1 auth name: 2146355867 
sip line1 password: cs 
sip line1 proxy ip: tb20hq.aastra.com 
sip line1 registrar ip: tb20hq.aastra.com 
sip line1 outbound proxy: 10.70.100.69 
sip line1 outbound proxy port: 5060 
sip line1 registration period: 90 
sip line1 centralized conf: conference@us.aastra.co m 
sip line1 mode: 0 
sip line1 sca bridging: 0 
 
sip line2 display name: "214-635-5867" 
sip line2 screen name: One Clearspan 
sip line2 screen name 2: 355867 
sip line2 display name: One Clearspan 
sip line2 user name: 2146355867 
sip line2 auth name: 2146355867 
sip line2 password: cs 
sip line2 proxy ip: tb20hq.aastra.com 
sip line2 registrar ip: tb20hq.aastra.com 
sip line2 outbound proxy: 10.70.100.69 
sip line2 outbound proxy port: 5060 
sip line2 registration period: 90 
sip line2 centralized conf: conference@us.aastra.co m 
sip line2 mode: 0 
sip line2 sca bridging: 0 
 
########## 
#Key Definitions 
########## 
softkey1 type: xml 
softkey1 label: LDAP Lookup 
softkey1 value: http://10.70.100.92/ad.php 
softkey1 states: "idle connected incoming outgoing busy" 
softkey1 locked: 1 
 
topsoftkey1 type: speeddial 
topsoftkey1 label: Call Pickup 
topsoftkey1 value: *98 
topsoftkey1 states: "idle connected incoming outgoi ng busy" 
topsoftkey1 locked: 1 
 
topsoftkey2 type: speeddial 
topsoftkey2 label: Call Pull 
topsoftkey2 value:  
topsoftkey2 states: "idle connected incoming outgoi ng busy" 
topsoftkey2 locked: 1 
 
topsoftkey3 type: speeddial 
topsoftkey3 label: Voice Mail 
topsoftkey3 value: *62 
topsoftkey3 states: "idle connected incoming outgoi ng busy" 
topsoftkey3 locked: 1 
 
topsoftkey4 type: callforward 



topsoftkey4 label: Call Forward 
topsoftkey4 states: "idle connected incoming outgoi ng busy" 
topsoftkey4 locked: 1 
 
topsoftkey5 type: dnd 
topsoftkey5 label: DND 
topsoftkey5 states: "idle connected incoming outgoi ng busy" 
topsoftkey5 locked: 1 
 


