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(57) Apparell qui provoque une connexion alternative
pour un appel telephonique dirige vers un reéseau de
protocole Internet (IP) s1 la qualité de service fournie par
le reseau IP est mférieure a un seuil prédétermine. Un
dispositif de controle de réseau mesure un indice de
transmission pour le réseau IP. Un comparateur, couple
au dispositif de contrdle du réseau, compare un indice de
transmission desire a I''ndice de transmission mesure du
reseau IP. Une interface de réseau IP, couplée au
comparateur, a un systeme ¢metteur et au réseau IP recoit
l'appel teléphonique pour un numéro compose en
provenance du systeme emetteur. L'interface de réseau
[P mduit le systeme ¢Emetteur a connecter 'appel
telephonique par lI''ntermédiaire d'un premier reéseau si
I''lndice de transmission mesure du reéseau IP est inférieur
a 1''lndice de transmission désireé, et sinon, elle connecte
I'appel telephonique par I'intermédiaire du réseau IP.
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(57) An apparatus causes alternate connection of a
telephone call directed to an IP network 1f the quality of
service provided by the IP network 1s less than a
predetermined threshold. A network monitor measures a
transmission rating factor for the IP network. A
comparator, coupled to the network monitor, compares a
desired transmission rating factor to the measured
transmission rating factor for the IP network. An IP
network 1interface, coupled to the comparator, an
originating system, and the IP network, receives the
telephone call for a dialed number from the origmating
system. The IP network interface causes the originating
system to connect the telephone call through a first
network 1if the measured transmission rating factor for
the IP network 1s less than the desired transmission rating
factor, and connects the telephone call through the IP
network otherwise.




CA 02335360 2000-12-18

A"/'A:“\

/ i“a"‘k

“Via

PCT WORLD INTELLECTUAL PROPERTY ORGANIZATION
International Bureau

INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)
(51) International Patent Classification 6 :
HO04L 12/64, HO4M 7/00, HO4L 12/26

(11) International Publication Number: WO 99/66682

(43) International Publication Date: 23 December 1999 (23.12.99)

(21) International Application Number: PCT/US99/13585 | (81) Designated States: AE, AL, AM, AT, AT (Utility model), AU,
AZ, BA, BB, BG, BR, BY, CA, CH, CN, CU, CZ, CZ
(22) International Filing Date: 18 June 1999 (18.06.99) (Utility model), DE, DE (Utility model), DK, DK (Utlity

model), EE, EE (Utility model), ES, FI, FI (Utility model),
GB. GD, GE, GH, GM, HR, HU, ID, IL, IN, IS, JP, KE,

(30) Priority Data: KG, KP, KR, KZ, LC, LK, LR, LS, LT, LU, LV, MD, MG,
60/089,831 19 June 1998 (19.06.98) US MK, MN, MW, MX, NO, NZ, PL, PT, RO, RU, SD, SE,
60/090,075 19 June 1998 (19.06.98) US SG, SI, SK, SK (Utility model), SL, TJ, TM, TR, TT, UA,
09/219,018 23 December 1998 (23,1298) US UG, US, UZ, VN, YU, ZA, ZVW, ARIPO patent (GH, GM,

KE, LS, MW, SD, SL, SZ, UG, ZW), Eurasian patent (AM,
AZ, BY, KG, KZ, MD, RU, TJ, TM), European patent (AT,

(71) Applicant (for all designated States except US): NORTHERN BE, CH, CY, DE, DK, ES, FI, FR, GB, GR, IE, IT, LU,
TELECOM [US/US]); 2221 Lakeside Boulevard, Richard- MC, NL, PT, SE), OAPI patent (BF, BJ, CF, CG, CI, CM,
son, TX 75083 (US). GA, GN, GW, ML, MR, NE, SN, TD, TG).

(72) Inventor; and
(75) Inventor/Applicant (for US only): HO, Anthony [US/US]; | Published

3568 Fitzsimmons Common, Fremont, CA 94538 (US). With international search report.
Before the expiration of the time limit for amending the
(74) Agents: SCHAAL, William, W. et al.; Blakely, Sokoloff, claims and to be republished in the event of the receipt of
Taylor & Zafman, 7th floor, 12400 Wilshire Boulevard, Los amendments.

Angeles, CA 90025-1026 (US).

(54) Title: METHOD AND APPARATUS FOR FALLBACK ROUTING OF VOICE OVER INTERNET PROTOCOL CALL

122 :
NETWORK
MONITOR 108 |
119 104
=
110 & IP NETWORK
=TT P
SN INTERFACE
CALL 106
PROCESSOR
PUBLIC
100 SWITCHED |
PSTN TELEPHONE
. INTERFACE NETWORK
120 102

(57) Abstract

An apparatus causes alternate connection of a telephone call directed to an IP network if the quality of service provided by the IP
network is less than a predetermined threshold. A network monitor measures a transmission rating factor for the IP network. A comparator,
coupled to the network monitor, compares a desired transmission rating factor to the measured transmission rating factor for the IP network.
An IP network interface, coupled to the comparator, an originating system, and the IP network, receives the telephone call for a dialed
number from the originating system, The IP network interface causes the originating system to connect the telephone call through a first

network if the measured transmission rating factor for the IP network is less than the desired transmission rating factor, and connects the
| telephone call through the IP network otherwise.
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METHOD AND APPARATUS FOR
FALLBACK ROUTING OF
VOICE OVER INTERNET PROTCOL CALL

CROSS-REFERENCES TO RELATED APPLICATIONS

This application claims the benefit of U.S. Provisional Application No. 60/089,831,
filed June 19, 1998, which is incorporated herein by reference, and of U.S. Provisional

Application No. 60/090,075, filed June 19, 1998, which is incorporated herein by reference.

BACKGROUND OF THE INVENTION

1. Field of the Invention

This invention relates to connecting of telephone calls and, more particularly, to

connecting of telephone calls over internet protocol networks.

2. Background Information

The traditional telephone network is a switched network that provides users with a
dedicated end-to-end circuit for the duration of each call. Circuits are reserved between the
originating switch, tandem switches (if any), and the terminating switch based on the called

party number to create the end-to-end circuit.

Recently, telephone calls have been transmitted over di gital networks using packet
switched internet protocol (IP) networks, termed voice over IP (VoIP) transmission. Packet-
switched IP networks provide shared, virtual circuit connections between users. Voice
Information to be transmitted across an IP network is converted into di gital data and broken up
into multiple, discrete packets. Individual packets may travel over different network paths to
reach the final destination where the packets are reassembled in the proper sequence to
reconstruct the original voice information. The transmission speed between any two users can

change dramatically based on the dynamic number of users sharing the common transmission
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medium, their bandwidth requirements, the capacity of the transmission medium, and the

efficiency of the network routing and design.

VolP transmission typically costs less than transmission over traditional public switched
telephone networks (PSTNs). A disadvantage of VoIP networks is the variability of the quality
of the signal received at the destination as determined by changing network conditions. The
recetved signal quality depends on a large number of variable network factors such as packet
loss, packet latency, queuing delay, and bandwidth availability. These network factors will vary
depending on the volume of network traffic and the location of the destination. The IP network,
unlike the traditional public switched network, is not uniformly or predictably suitable for voice

quality transmission.

Prior art systems for connecting calls over IP networks have monitored the quality of
service (QoS) provided by the network and disabled the gateway to the IP network when QoS
fell below an acceptable level. However, QoS is not a uniform characteristic in an [P network.
QoS 1s dependent on the destination and it may be unacceptable for transmissions to one
- destination but be acceptable to another destination. Accordingly, what is needed is a method
and apparatus for monitoring the quality of service (QoS) of the IP network and connecting a
telephone call over an alternate network, on a call by call basis, if the QoS of the IP network is

unacceptable based on the destination for the call.

SUMMARY OF THE INVENTION

An apparatus causes alternate connection of a telephone call directed to an IP network if
the quality of service provided by the IP network is less than a predetermined threshold. A
network monitor measures a transmission rating factor for the IP network. A comparator,
coupled to the network monitor, compares a desired transmission rating factor to the measured
transmission rating factor for the IP network. An IP network interface, coupled to the
comparator, an originating system, and the IP network, receives the telephone call for a dialed
number from the originating system. The IP network interface causes the originating system to
connect the telephone call through a first network if the measured transmission rating factor for
the IP network is less than the desired transmission rating factor, and connects the telephone

call through the IP network otherwise.
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BRIEF DESCRIPTION OF THE DRAWINGS
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Figure 1 shows an embodiment of the invention.

Figure 2 shows a second embodiment of the invention that uses an ISDN PRI interface.

Figure 3 shows a third embodiment of the invention that uses an analog trunk loop back
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DETAILED DESCRIPTION OF THE INVENTION

The present invention provides a method and apparatus for monitoring the quahity of
service (QoS) of the internet protocol (IP) network and connecting a telephone call over an

alternate network, on a call by call basis, if the QoS of the IP network is unacceptable based on

the destination for the call.

Figure 1 1s an exemplary system for providing voice over IP (VoIP). The system
includes a call processor 100 that receives a telephone call from a local user 110, including a
destination telephone number, and a plurality of network interface cards 102, 104 to provide
connections to networks 106, 108 capable of carrying telephone calls, including at least one
network interface card 104 that provides a connection to an IP network 108. The call processor
100 uses the telephone number of the received call to consult a routing table 120 and identify a

network 1interface card 102, 104 that can provide a connection for the telephone call.

A network interface card 104 that provides a connection to the IP network 108 and
contains an embodiment of the present invention, will cause a call directed to the card to be
redirected to a different network 106 if the QoS for the call will be below the desired threshold
based on the destination of the call. The IP interface card 104 receives the call to be connected
through the IP network 108 and a desired QoS for the call. The desired QoS may be received
with the call, or in advance of the call as a general level of QoS desired, possibly based on one
or more call characteristics. The IP network card 104 uses the destination of the call to be
connected to consult statistics collected by a network monitor 122 that runs on the card. The
statistics for the IP network 108 QoS to the destination of the call to be routed are compared to
the desired QoS for the call. If the QoS that the IP network 108 has provided recently for test
packets to the destination of the call to be routed is less than the desired QoS threshold, then the

call 1s returned to the call processor 100 to be connected through another network 106.

Otherwise, the call is connected through the IP network 108.

Figure 2 shows an embodiment of the invention in which the IP network card 204 is an
integrated services digital network (ISDN) to IP gateway that provides a primary rate interface
(PRI) to the call processor. In this embodiment, the IP network interface 204 sends an ISDN
call reject signal to the call processor 100 if the call cannot be connected through the IP network

108 because of a low QoS. The call processor 100 will then use an alternate connection through

another network interface 202 according to ISDN protocol.
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Figure 3 shows another embodiment of the invention in which the IP network interface
304 emulates an analog trunk interface. In this embodiment, the IP network interface 304
contains a loop back path that allows the IP network interface 304 to send a call to the call
processor 100. If the call cannot be connected through the IP network 108 because of a low
QoS, the IP network interface 304 will connect the call to the call processor 100 through the
loop back path and give the call a special number to force a connection through an alternate
network 106. In one embodiment, the special number includes a special prefix, such as 9999,
that 1s placed at the front of the original called number. When the call processor 100 receives
the looped back call, it directs the call to an alternate network interface 302 because of the
special called number that was attached to the call by the network card. The looped back call is
not distinguishable from other calls received by the call processor 100 except for the special
routing number. The following is an exemplary call setup sequence for fall back to PSTN of a
call directed to the IP network in an embodiment of the invention emulating an analog trunk

interface:
Step 1: A user 110 calls a destination by dialing a number such as "6-570-1234";

Step 2:  The call processor 100 receives the call and, based on the prefix of the dialed
number, the call processor 100 finds a matching entry in a routing table 120 and

directs the call to the IP network interface 304:

Step 3:  The IP network interface 304 tests the QoS statistics generated by the network

monitor 122 for the destination IP address of the call;

Step4:  If the QoS is less than a supplied desired QoS threshold, the IP network interface
304 1nserts the special prefix "9999" in the dialed number and connects the call to

the call processor 100 through a loop back path;

Step 5:  The call processor 100 receives the call generated by the IP network interface 304
with the called party number of "6-9999-570-1234":

Step 6:  The call processor 100 finds a matching entry in the routing table 120 for the special
prefix "9999," and, based on the routing information, the call processor deletes the

first five digits and directs a call to "570-1234" to the PSTN network interface 302.
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While certain exemplary embodiments have been described and shown in the
accompanying drawings, it is to be understood that such embodiments are merely illustrative of
and not restrictive on the broad invention, and that this invention not be limited to the specific

- constructions and arrangements shown and described, since various other modifications may

occur to those ordinarily skilled in the art.
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What 1s claimed is:

1. An apparatus comprising:
a network monitor that measures a transmission rating factor for an IP network:

a comparator, coupled to the network monitor, that compares a destred transmission

rating factor to the measured transmission rating factor for the IP network;

causes the originating system to connect the telephone call through a first network if the
measured transmission rating factor for the IP network is less than the desired transmission

rating factor, and connects the telephone call through the IP network otherwise.

2. The apparatus of claim 1, where the IP network interface further replaces the
dialed number with a special number based on the dialed number and connects the telephone

call for the special number to the originating system if the measured transmission rating factor

for the IP network is less than the desired transmission rating factor.

3. The apparatus of claim 2, where the IP network interface further appends the

dialed number to a special fall back location code.

4. The apparatus of claim 1, where the IP network interface further returns an ISDN

call reject signal to the originating system if the measured transmission rating factor for the IP

network 1s less than the desired transmission rating factor.

5. The apparatus of claim 1, where the network monitor periodically measures

transmission characteristics for test packets sent to a destination IP address associated with the

telephone call.

6. A method of connecting a telephone call for a dialed number through one of a

first network and an IP network, comprising:
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rece1ving the telephone call to be connected from an originating system;

recerving a desired transmission rating factor:

measuring a transmission rating factor for the IP network;

comparing the desired transmission rating factor to the measured transmission rating
factor for the IP network;

causing the originating system to route the telephone call through the first network if the
measured transmission rating factor for the IP network is less than the desired transmission
rating factor; and

connecting the telephone call through the IP network otherwise.

7. The method of claim 6, where causing the originating system to route the
telephone call through the first network further comprises replacing the dialed number with a
special number based on the dialed number and connecting the telephone call for the special

number to the originating system.

8. The method of claim 7, where replacing the dialed number with the special

number further comprises appending the dialed number to a spectal fall back location code.

9. The method of claim 6, where causing the ori ginating system to connect the
telephone call through the first network further comprises returning an ISDN call reject signal

to the originating system.

10.  The method of claim 6, where measuring the transmission rating factor further
comprises periodically measuring transmission characteristics for test packets sent to a

destination IP address associated with the telephone call.

11. A telephone system comprising:
a call processor that receives a telephone call including a dialed number and directs the

telephone call to one of a plurality of network cards comprising a first network card and an IP

network card;
the IP network card further comprising,

a network monitor that measures a transmission rating factor for an IP network:
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a comparator, coupled to the network monitor, that compares a desired
transmission rating factor to the measured transmission rating factor for the IP network:

an IP network interface, coupled to the comparator, the call processor, and the IP
network, that receives the telephone call, and that causes the call processor to route the
telephone call through the first network card if the measured transmuission rating factor

tor the IP network is less than the desired transmission rating factor, and that connects
the telephone call through the IP network otherwise.

12. The telephone system of claim 1 I, where the IP network interface further

factor for the IP network is less than the desired transmission rating factor.

13.  The telephone system of claim 12, where the IP network interface further

appends the dialed number to a special fall back access code.

4. The telephone system of claim 11, where the IP network interface further returns

an ISDN call reject signal to the call processor 1f the measured transmission rating factor for the

IP network is less than the desired transmission rating factor.

15. The telephone system of claim 11, where the network monitor periodically

measures transmission characteristics for test packets sent to a destination IP address associated
with the telephone call.
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