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(57) ABSTRACT 

Methods of routing interLATA network traffic are disclosed. 
An example method of facilitating a local area communi 
cation feature includes providing a control device to store 
routing information and associating a first communication 
device in a first area associated with a first hub device with 
the control device, the first communication device including 
first routing information. The example method also includes 
associating a second communication device in a second area 
associated with a second hub device with the control device, 
the second communication device including second routing 
information, receiving a calling code from at least one of the 
first or second areas at the control device, and routing a call 
via the control device and the local area communication 
feature. 
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METHODS OF ROUTING INTERLATA NETWORK 
TRAFFIC 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

0001. This application is a continuation of application 
Ser. No. 10/616,135, filed Jul. 9, 2003, which is a continu 
ation of application Ser. No. 09/792,105, filed Feb. 22, 2001, 
now U.S. Pat. No. 6,628,774, which is a continuation of 
application Ser. No. 09/197,386, filed Nov. 20, 1998, now 
U.S. Pat. No. 6,400,818, which is a continuation-in-part of 
application Ser. No. 08/768,382, filed Dec. 17, 1996, now 
U.S. Pat. No. 5,917,899 and a continuation-in-part of appli 
cation Ser. No. 08/766,598, filed Dec. 12, 1996, now U.S. 
Pat. No. 5,987,111. 

FIELD OF DISCLOSURE 

0002 The present invention relates to wireless local loop 
systems and more particularly to the field of communica 
tions and more particularly to a method of routing inter 
LATA network traffic. 

BACKGROUND OF RELATED ART 

0003 Telecommunication customers can have virtual pri 
vate networks within a local access and transport area 
(LATA), that allow the customer to have abbreviated calling 
between numerous locations. The virtual private network for 
a local exchange carrier (LEC) is limited to a single LATA 
and many customers want a virtual private network that can 
encompass all virtual private networks in other LATAs. In 
addition, customers want to be able to aggregate their calls 
that are being carried by an inter-exchange carrier (IXC). 
IXCs provide discounts to customers who aggregate their 
calls. These interLATA calling concerns were only 
addressed in the past by building or leasing lines (DS-1) to 
connect the customers various offices. Another leased line 
was required to connect the at least one of the customer's 
facilities to an IXC POP (point of presence). Leasing DS-1 
lines can be very expensive and can usually only be justified 
if the company uses the full capacity of the DS-1 lines. This 
excludes numerous companies and satellite offices. 
0004 Thus there exists a need for a method of routing 
interLATA network traffic, that overcomes these and other 
problems. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0005 FIG. 1 is a schematic diagram of an advanced 
intelligent network capable of implementing the invention in 
accordance with one embodiment of the invention; 

0006 FIGS. 2-5 are a flow chart of an embodiment of the 
steps performed by a service Switching point and a Switching 
control point in accordance with one embodiment of the 
invention; and 
0007 FIGS. 6-7 are a flow chart of an embodiment of the 
steps a service Switching point and a Switching control point 
use in implementing the invention in accordance with one 
embodiment of the invention. 

DETAILED DESCRIPTION OF THE DRAWINGS 

0008. The invention is a method of routing interLATA 
network traffic. The steps include receiving a number of 
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dialed digits at a first service Switching point in a first virtual 
private network. Then a query is sent to a service control 
point. When the dialed digits result in the call to a facility in 
a second virtual private network connected to the first virtual 
private network by a tie line, the call is routed to a hub 
service Switching point in the second virtual private network 
over the tie line. When the call is not to a facility in the 
second virtual private network, the call is routed to a hub 
service switching point (SSP) in the first virtual private 
network. There the call is combined with other calls and 
routed on to an interexchange carrier (IXC) point of pres 
ence (POP). The invention connects virtual private networks 
in separate LATAS and aggregates interLATA calls that are 
carried by an IXC. The invention reduces the cost of long 
distance calls and extends the virtual private networks across 
multiple LATAs. 
0009 FIG. 1 is a schematic diagram of an advanced 
intelligent network capable of implementing the invention. 
The first virtual network 10 consists of a customer facility A 
12, a customer facility B 14 and a customer facility C 16, in 
a first local access and transport area (LATA). The facilities 
12-16 are connected to service switching point A (SSPA) 18, 
SSP B 20 and HUB SSP C 22. The SSPS 18-22 are all 
connected by the public switched telephone network. Each 
of the SSPs 18-22 is connected to a switching control point 
(SCP) 24 by a signal system seven (SS7) signaling links. The 
first virtual network connects the customer's facilities A-C 
12-16 in the first LATA and provides abbreviated dialing, 
intercom calling and other features among the facilities 
12-16. 

0010. The second virtual network 26 in LATA 2 (second 
local access and transport area) connects facility D 28, 
facility E30 and facility F32 together. The facilities D-F are 
connected through HUB SSP D 34, SSPE 36 and SSPF 38. 
As in the first virtual network 10, the SSPs 34-38 are 
connected by the public switched telephone network. Each 
of the SSPs 34-38 is also connected to the SCP24 by the SS7 
signaling links. A tie line (DS-1) 38 connects a first hub SSP 
22 in the first virtual network 10 to a second hub SSP 34 in 
the second virtual network 26. The figure could be expanded 
to show a plurality of virtual networks, wherein a plurality 
of tie lines are used to connect a plurality of hub service 
switching points in the plurality of virtual networks. The 
operation of this expanded diagram would be unchanged 
from the simpler version shown in FIG. 1. 
0011. In a first example of the invention, a customer at 
facility A 12 places a call to a customer at facility F32. In 
this example the customer dials an abbreviated dial code 
(e.g., 6000) (plurality of digits, plurality of dialed digits, 
network access request). SSPA 18 triggers on the abbrevi 
ated dial code and sends a query (first query) over the SS7 
signal link 40 to the SCP24. The SCP24 determines that the 
abbreviated dial code is an interLATA call and transmits a 
response (first response) containing a called party ID param 
eter that is the routing number of the first hub SSP 22. In 
addition, the SCP24 converts the abbreviated dial code to a 
translated routing number (e.g., 217-936-1234) and sends 
this to the SSPA 18. The SSPA 18 routes the call (network 
connection) to the first hub SSP 22 based on the response. In 
addition, the SSPA 18 sends an initial address message 
(IAM) over the SS7 signaling links to the hub SSP 22. The 
IAM includes the translated routing number and the called 
number (routing number of the hub SSP 22). 
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0012. The hub SSP 22 triggers on the called number and 
sends a second query to the SCP24. The SCP24 converts 
the original called number back into the abbreviated dial 
code and determines the primary trunk group that specifies 
the tie line 38. The SCP 24 also determines the billing 
information at this point. The SCP24 then sends a response 
with the primary trunk group, billing information and the 
abbreviated dial code to the hub SSP 22. The first hub SSP 
22 then routes the call over the tie line 38 to the second hub 
SSP 34. The first hub SSP 22 also sends the abbreviated dial 
code to the Second hub SSP 34. 

0013 The second hub SSP 34 triggers on the abbreviated 
dial code and sends a third query to the SCP24. The SCP24 
converts the abbreviated dial code to the translated routing 
number and sends a third response (third routing instruction) 
to the second hub SSP 34 with this information. The second 
hub SSP34 then routes the call to a second service switching 
point 38. The second SSP38 then routes the call to the call 
party at facility F 32. 
0014. In another example, the customer at facility A 12 
places a call to a telephone at facility F 32, by dialing an 
access code and ten digit number (e.g., 9-1-217-936-1234). 
In this case the SSP 18 triggers on the access code (i.e., 9) 
and sends a query to the SCP24. The SCP24 determines the 
dialed digits are a direct dial interLATA call and sends a 
response including a hub SSP 22 routing number. The SSP 
18 routes the call to the hub SSP 22 based on the routing 
number. The hub SSP22 again triggers on the called number 
and sends a second query to the SCP 24. The SCP 24 
determines that the plurality of dialed digits have an access 
to virtual networks abbreviated dial code (i.e., 6000). In 
addition, the SCP24 determines that the call is to be routed 
by tie line 38. The SCP24 sends a second response (second 
routing instruction) including the primary trunk group and 
the abbreviated dial code. The rest of the processing of the 
call is the same as the first example from here. 
0015. In a third example a customer at facility C 16 
places a call to facility F 32. The customer dials the 
abbreviated dial code. The hub SSP 22 uses the same 
processing as above to determine if the call is an access to 
private networks call to determine that the call is to be routed 
over tie line 38. The hub SSP 22 routes the call over the tie 
line 38 and sends the abbreviated dial code over the tie line 
38 to the second hub SSP 34. The call is then processed in 
the same way as the previous examples. 
0016. In a fourth example a call is placed to facility D 28. 
In this example, the second hub SSP 34 receives the call and 
the abbreviated dial code like the examples discussed above. 
The SSP 34 then performs a centrex translation to determine 
the routing number of the called party and routes the call to 
the called party (terminating point) at facility D 28. 
0017 Aggregating calls to an interexchange carrier can 
save a company money. An example of how the invention 
aggregates out-of-network calls is explained below. A Sub 
scriber 12 places an abbreviated call (network traffic access 
request) by dialing 7000 at one of his plurality of locations. 
The call is received at service switching point A (SSPA, one 
of a plurality of central office switches) 18. The SSP 18 
sends a query (information analyzed query) to a Switching 
control point (SCP) 24 over a signal system seven (SS7) 
signaling link 40. The query contains the calling party ID 
(i.e., 847-438-3001) and dialed digits (i.e., 7000). The SCP 
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24 translates the dialed digits into a corresponding routing 
number (e.g., 218-333-1234) and determines that the call is 
a direct dial interLATA call (interLATA network traffic 
request). In this example the call is also out-of-network. The 
SCP24 determines that the call is to be redirected to the hub 
SSP C 22. The SCP 24 sends a response (analyze route 
message, routing instruction) over the SS7 signaling link, 
that directs the SSPA 18 to route the call to the hub SSPC 
22. This is accomplished by having the called party ID 
portion of the message set equal to the directory number of 
the hub SSP 22. The translated or true called routing number 
is returned in the redirected party ID parameter. The SSP 
(central office) 18 then routes the call (network traffic) to the 
hub SSP (hub central office) 22 over the public network that 
connects SSPA, SSP Band SSPC together. In addition, the 
SSP 18 sends an initial address message (IAM) over the 
signal system 7 (SS7) signaling links that connects the SSPs 
18, 20, 22, to the SCP24. The IAM contains the translated 
or true called number (i.e., 218-333-1234) and the called 
number, which is the directory number of the hub SSP 22. 
The hub SSP (hub central office) 22 triggers on the called 
number and sends a second query (second information 
analyzed query) to the SCP 24. The SCP 24 then sends a 
second response (second analyze route message) containing 
routing information (translated or true routing number) to a 
single IXC POP 50, a billing information and a primary 
trunk group. The hub SSP 22 routes the call to the IXC POP 
50 over a shared or private facility 52 using the routing 
information received in the second response. Thus the calls 
are aggregated with other calls (a plurality of other calls) at 
the hub SSP 22 and routed to one of the plurality of 
inter-exchange carrier selections. When a shared facility 52 
is used to route the call, the hub SSP 22 sends an IAM to the 
IXC 50 using SS7 signaling. When a shared facility 52 
having feature group D signaling is used, a charge number 
(hub SSP number) and a called number (i.e., 218-333-1234) 
are passed to the IXC 50. When a private facility 52 having 
standard tie lines is used, only the called number is passed 
on to the IXC 50. When private facilities having a primary 
rate ISDN are used, the charge number and the called 
number are passed to the IXC 50. 
0018. The IXC 50 then routes the call using standard long 
distance techniques to a SSP G 54 in the LATA 3 of the 
dialed number. The SSP 54 routes the call to the called party 
56. 

0019. A method of aggregating off network calls is 
explained next. In this example, the calling party 12 dials an 
access code (i.e., 9) and then dials a plurality of digits (i.e., 
217-936-1234ii). The “H” is optional and expedites process 
ing of the call. The SSP 18 receives the access code and 
dialed digits. Upon determining that the access code is 
present, the SSP18 sends a query containing the plurality of 
digits to the SCP24. The SCP24 will determine that the call 
is an interLATA call and check to see if the number is 
restricted. The restriction of called numbers will be dis 
cussed in more detail with respect to FIGS. 6-7. When the 
call is not restricted, the SCP24 sends a response redirecting 
the call to the hub SSP 22. The call is then processed in the 
same manner as discussed above. 

0020 FIG. 2 is a flow chart of an embodiment of the steps 
performed by a service Switching point and a Switching 
control point according to the invention. The process starts, 
step 100, with the first SSP receiving an off-hook signal at 
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step 102. The first SSP then sends a dial tone to the 
originating telephone at step 104. The first SSP receives a 
plurality of dialed digits at step 106. At step 108 it is 
determined if the plurality dialed digits include an access 
code. When the plurality dialed digits do not include the dial 
plan escape access code, the SSP determines if the plurality 
dialed digits is an abbreviated dial code at step 110. When 
the plurality dialed digits is not the abbreviated dial code, the 
call is processed by standard POTS (plain old telephone 
service) or centrex translation at step 112. This will only 
occur using this service if an error has occurred. The call 
processing then terminates at step 114. 
0021 When the plurality dialed digits is the abbreviated 
dial code, at step 110, the process proceeds at A on FIG. 3. 
The first SSP sends an information analyzed query at step 
116, containing the abbreviated dial code. The SCP then 
determines if the call is an in-network interLATA call at step 
118. When the call is not the interLATA call, standard area 
wide network (AWN) processing occurs at step 120. This is 
not the standard processing route for this service. When the 
call is the in-network interLATA call, sending an analyze 
route response to the first SSP containing the routing number 
of the hub SSP and a translated routing number at step 122. 
The call is then routed by the first SSP to the first hub SSP 
at step 124. 

0022. When the plurality dialed digits includes the access 
code at Step 108, sending an information analyzed query 
including the plurality of dialed digits less the access code 
to the SCP at step 126. The SCP then determines if the call 
is restricted at step 128. When the call is restricted, a 
restricted call response message is sent to the SSP at step 
130. The SSP then plays the terminating announcement that 
the call is not authorized at step 132, which ends the 
processing at step 114. 

0023. When the call is not restricted at step 128, the SCP 
determines if the dialed digits (plurality of dialed digits) 
require a direct dialed interLATA call at step 134. When the 
call is not the direct dialed interLATA call, a normal route 
response is sent to the SSP at step 136. The SSP then routes 
the call based on the normal route response at step 138, 
which ends processing at Step 114. 

0024. When the call is the direct dialed interLATA call, 
an analyze route response is transmitted to the SSP at step 
140. The SSP then routes the call to the hub SSP for 
aggregation at step 142 and sends an initial address message 
to the hub SSP. Processing then continues with the first hub 
SSP at B on FIG. 4. 

0025) Call processing then starts at B of FIG. 4. FIG. 4 is 
a flow chart of an embodiment of the steps performed by a 
hub service Switching point and the Switching control point 
according to the invention. The hub SSP receives an initial 
address message sent by the first SSP (first service switching 
point) at step 150. The hub SSP triggers on the called 
number and sends an information analyzed query to the SCP 
at step 152. The SCP determines if the original called party 
ID is present at step 154. When the original called party ID 
is not present at step 154, an error has occurred and a 
terminating announcement is played at step 156. 
0026. When the original called party ID is present, it is 
determined if the call is an access to virtual networks call at 
step 158. When the call is not an access to virtual networks 

Jan. 17, 2008 

call, then it is determined if the call is a toll aggregation call 
at step 160. When the call is not the toll aggregation call, an 
error has occurred and a terminating announcement is 
played at step 156. When the call is the toll aggregation call, 
an analyze response message is sent to the hub SSP at step 
162. The hub SSP routes the call to a preferred inter 
exchange carrier at step 164, which ends call processing at 
step 166. The toll aggregation processing 158-166 is 
explained in detail with respect to FIGS. 6-7. 
0027. When the call is the access to virtual networks call 
at step 158, an analyze route message is sent to the hub SSP 
at step 168. The analyze route message contains the abbre 
viated dial code of the called party and the primary trunk 
group of the tie line. The hub SSP routes the call over the tie 
line at step 170. Call processing then continues at C on FIG. 
5. 

0028 FIG. 5 is a flow chart of an embodiment of the steps 
performed by a second hub service Switching point, the 
Switching control point and a second service Switching point 
according to the invention. The second hub SSP receives the 
customized dialing plan (CDP) abbreviated dial code and 
trigger on the code at step 180. The second hub SSP then 
sends an information analyzed query to the SCP at step 182. 
The query includes the abbreviated dial code. The SCP 
determines if the call is in-network at step 184. When the 
call is not in-network an error has occurred in the service at 
step 186. When the call is in-network, the SCP then sends an 
analyzed route message containing a routing instruction at 
step 188. The hub SSP then routes the call to a second hub 
SSP at step 190 based on the routing instruction. The second 
hub SSP also sends an IAM to the second SSP (second 
service Switching point) at Step 192 containing a translated 
routing number. The translated routing number is the direc 
tory number associated with the abbreviated dialing code. 
The second SSP then routes the call to the called party at step 
194, which ends call processing at step 196. 
0029 FIG. 6 is a flow chart of an embodiment of the steps 
a Service Switching Point (SSP) and a Switching Control 
Point (SCP) use in implementing the invention. The process 
starts, step 200, by the SSP receiving an off-hook signal from 
a customer telephone, at step 202. The SSP sends a dial tone 
to the customer telephone at step 204. The SSP then receives 
the dialed digits (destination number) at step 206. At step 
208 the SSP determines if an access code (or Customized 
Dialing Plan trigger) is present. When the access code or 
CDP trigger is not present, centrex translation/POTS (plain 
old telephone service) processing is pursued at step 210. 
Step 210 is performed when the calling facility is directly 
connected to the hub SSP. 

0030. When the access code is present, an information 
analyzed query is sent to the SCP at step 212. The SCP then 
determines if the call is restricted at step 214. When the call 
is restricted a restricted call response message is sent to the 
SSP at step 216. The SSP then plays the terminating 
announcement that the call is not authorized at step 218, 
which ends the processing at step 220. 
0031 When the call is not restricted at step 214, the SCP 
determines if the dialed digits (plurality of dialed digits) 
require a direct dialed interLATA call at step 222. The 
service of toll aggregation requires that the call be the 
directed dialed interLATA. However, if the call is not the 
direct dialed interLATA call a routing response is sent to the 
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SSP at step 224. The SSP then routes the call based on the 
routing response at step 226, which ends processing at Step 
220. 

0032. When the call is the direct dialed interLATA call, 
an analyze route response is transmitted to the SSP at step 
228. The SSP then routes the call to the hub SSP for 
aggregation at step 230 and sends an initial address message 
to the hub SSP, which ends the processing for initiating SSP 
at step 232. 
0033 FIG. 7 is a flow chart of an embodiment of the steps 
a hub SSP and the SCP use in implementing the invention. 
The process starts by the hub SSP receiving the IAM and 
determining that the called number is a 3/6/10 digit trigger 
at step 240. Based on this trigger the hub SSP transmits an 
information analyzed query to the SCP at step 242. Next, the 
SCP determines if the original called party ID is present at 
step 244. When the original called party ID is not present, 
sending a cannot complete response to the hub SSP at step 
246. A terminating announcement is played that the call 
cannot be completed at step 248, which ends the call 
processing for the hub SSP at step 250. 
0034. When the original called party ID is present, send 
ing an analyze route message to the hub SSP at step 252. The 
hub SSP then routes the call to the IXC based on the data 
received at step 254, which ends the call processing for the 
hub SSP at step 250. 
0035. The invention allows customers to link their virtual 
networks across LATAS and to aggregate interLATA calls. 
0036) The methods described herein can be implemented 
as computer-readable instructions stored on a computer 
readable storage medium that when executed by a computer 
will perform the methods described herein. 
0037. While the invention has been described in conjunc 
tion with specific embodiments thereof, it is evident that 
many alterations, modifications, and variations will be 
apparent to those skilled in the art in light of the foregoing 
description. Accordingly, it is intended to embrace all Such 
alterations, modifications, and variations in the appended 
claims. 

We claim: 
1. A method of facilitating a local area communication 

feature comprising: 
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providing a control device to store routing information; 
associating a first communication device in a first area 

associated with a first hub device with the control 
device, the first communication device comprising first 
routing information; 

associating a second communication device in a second 
area associated with a second hub device with the 
control device, the second communication device com 
prising second routing information; 

receiving a calling code from at least one of the first or 
second areas at the control device; and 

routing a call via the control device and the local area 
communication feature. 

2. A method as defined in claim 1, wherein the local area 
communication feature comprises at least one of an abbre 
viated dial code call or an intercom call. 

3. A method as defined in claim 1, wherein the first hub 
device is communicatively coupled to the first communica 
tion device in the first area and the second hub device in the 
second area. 

4. A method as defined in claim 3, wherein the first and 
second hub devices are communicatively coupled via a tie 
line. 

5. A method as defined in claim 4, further comprising 
associating the tie line with the control device. 

6. A method as defined in claim 1, wherein the areas 
comprise at least one local access and transport area. 

7. A method as defined in claim 6, wherein the at least one 
local access and transport area is part of an advanced 
intelligent network. 

8. A method as defined in claim 7, wherein the control 
device is a Switching control point. 

9. A method as defined in claim 7, wherein the first and 
second communication devices are service Switching points. 

10. A method as defined in claim 1, wherein at least one 
of the first or second areas comprise at least one virtual 
network. 

11. A method as defined in claim 10, further comprising 
routing the call between a first virtual network and a second 
virtual network. 

12. A method as defined in claim 11, wherein the first 
virtual network is in the first area and the second virtual 
network is in the second area. 
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