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protocol telephones are configured to detect when voice 
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coder-decoder. 

12 Claims, 4 Drawing Sheets 

~---12 10 
,- - - - - - - - - - - - - .L - - - - - - - -, ¥...._/ 
1 CALL CONTROL 1 

GATEKEEPER 22 26 

VOiP 
PHONE 

Ex.1001 / Page 1 of 11
Cisco Systems, Inc.

Ex.1001 / Page 1 of 11
Cisco Systems, Inc.



28
 

VO
iP

 
I 

I 
PH

O
NE

 

14
 

,
-
-
-
-
-
-
-
,
 ' 

/ 

C
AL

L 
C

O
N

TR
O

L 
1--

-
-

,,
 

G
AT

EK
EE

PE
R

 
1 

L
..

,.
..

,.
.-

~
--

-'
' 

24
 

36
 

16
 

SW
IT

CH
 

32
 

38
 

40
 

PR
O

C
ES

SO
R

 

C
O

M
M

U
N

IC
AT

IO
N

 
LO

G
IC

 
C

AL
L 

Q
U

AL
IT

Y 
D

ET
EC

TI
O

N
 L

O
G

IC
 

42
 

C
O

D
EC

 
M

EM
O

R
Y 

U
N

IT
 

44
 

41
 

---
---

12
 

10
 

--
--

--
--

--
--

-~
--

--
--

--
,,

v
--

s.
..

/ 
1 

C
AL

L 
C

O
N

TR
O

L 
: 

G
AT

EK
EE

PE
R

 
34

 
22

 
26

 

G
AT

t.W
AY

 
30

 

VO
iP

 
PH

O
N

E 

I 

-
-

--
--

--
--

--
--

--
--

--
J
 

F
IG

. 
1 

CO
DE

C 
AD

JU
ST

M
EN

T 
LO

G
IC

 

46
 

26
 F
IG

. 
2 

~
 

r:J
). 

• ~
 

~
 
~
 

~
 =
 

~
 

2' ? .... "'
U

l 
N

 
0 .... 0 rJ

J =­ ('D ('
D

 .....
 .... 0 .... .i;

...
 

d r.,;
_ 

'-"-
-...l

 
--.

..l w
 

0
0

 
w

 
0-

-,
 

0
0

 =
 

N
 

Ex.1001 / Page 2 of 11
Cisco Systems, Inc.

Ex.1001 / Page 2 of 11
Cisco Systems, Inc.



I 

/-
1

4
 

/ 

-
-
-
-
-
-
-
-
-

'-
-
-
-
-
-
-
-
-
-
-
-

,
-
-
-
-
-
-
-
-
,
 I

 

CA
LL

 C
O

N
TR

O
L 

1 
19

 
28

 
24

 
36

 / 
G

AT
EK

EE
PE

R
 

I 
t 

VO
iP

 
PH

O
N

E 

-
-
-
-
-
-
,
-
-
-
-
~

I
 

2Q
 --.

.... 
I 

SW
IT

CH
 

R
O

U
TE

R
 

32
 

G
AT

EW
AY

 

L
-
-
-
-
-
-
-
-
-
-
-
-
-
-
-
-
-
-
-

33
 

.,,
--

-1
2 

17
 

, ' 
;A

~
c
 ~

O
N

TR
O

L,
 

-
-

-
L

 -
-

-
-

-
-

-
-

~ J
I:

:-
./

 1
 a 

GA
TE

KE
EP

ER
 

-3
4 

22
 

26
 

-1
8 

R
O

U
TE

R
 

H
 

SW
IT

C
H

 
H

 
VO

iP
 

PH
ON

E 
_

_
 _
,
I
 I 

: J
~;

~;
:1

/ 30
 

: I 
~

--
--

--
--

--
--

--
--

--
--

-~
 

F
IG

. 
3 

.... -
-1

4
 

-
-

-
-

-
.t.

 -
-

-
-

-
I
 

r-
--

--
--

-
I 

I 
28

 
24

 
20

 
50

 

,-
--

--
--

-,
 

54
 --

-.I
 

C
AL

L 
C

O
N

TR
O

L 
I 

I I I 

10
 

48
 
r
J
 

,-
-

-
-

-
-

_
_

 -'.
,.. _

-:_
 1

2 
\ 

I 
-
-
-
-
-
-
-
-
1

 

. 
I 

VO
iP

 
11 

PH
ON

E 
SW

IT
CH

 

32
-

I 

G
AT

EW
AY

 I-+
~ .. 

L
--

--
--

--
--

--
--

--
--

~
 

GA
TE

KE
EP

ER
 

I I 

I 
VO

iP
 

I 

I 
SE

R
VI

C
E 

I 
PR

O
VI

D
ER

 
I 

I I 

18
 

~
-I

 R
O

U
TE

R
 

22
 

SW
IT

C
H

 

52
 

SU
BS

YS
TE

M
 

~
, 

I 
.__

_ _
_

 __
, 

. 
'· -

51
 

1 
._ 
_

_
_

_
_

_
_

 I 
-3

0 
~

~
-
I
 G

AT
EW

AY
 

--=
=-

-
>

 
I 

F
IG

. 
4 

26
 

VO
iP

 
PH

O
N

E 

~
 

0
0

 
• ~
 

~
 
~
 

~
 =
 

~
 

2' ? .... ~U
l 

N
 

0 .... 0 rJ
J =­ ('D ('

D
 .... N
 

0 .... .i;
...

 

d rJ
l. 

--.
.l 
~
 

w
 

0
0

 
w

 
0-

-,
 

0
0

 =
 

N
 

Ex.1001 / Page 3 of 11
Cisco Systems, Inc.

Ex.1001 / Page 3 of 11
Cisco Systems, Inc.



1
4

-,
 

r 
-

-
-

-
-

-
-

-
-

-
-

-
-

-
-

-
l..

 
-

-
I 

50
 

5
4

-
-
J
-
-
-
-
-
-
-
1

 
51

 
56

 
C

AL
L 

C
O

N
TR

O
L 

I-
-

1 

/ 

: 
28

 
24

 
20

 
I 

G
AT

EK
EE

PE
R

 
I 

-
~
 

I 
,_

_
_

_
_

--
.-
_

_
 _
j 
I I 

VO
iP

 
H

 .
 H

 
r' 

,._,
__,

,..._
... 

VO
iP

 
PH

O
N

E 
SW

IT
C

H
 

R
O

U
TE

R
 

: 
I 

SE
R

VI
C

E 

52
 

I 
PR

O
VI

D
ER

 
SU

BS
YS

TE
M

 
3

2
~

 
I 

I 
Ll 

I 
G

A
TE

W
A

Y
. 
~
 

I _
_

_
_

_
_

_
 

L
--

--
--

--
--

--
--

--
--

~
 
~
 

58
 ~
 

PS
TN

 

1
4

-,
 

r 
-

-
-

-
-

-
-

-
-

-
-

-
-

-
-

-
l.

 -
-:

 
51

 
r-

c
--

--
--

-1
 

\ 

' 
28

 
24

 I 
' ...

 .J 
C

AL
L 

C
O

N
TR

O
L 

I 
G

AT
EK

EE
PE

R
 

I
'-

-
'-

-
~

-
~

 
I 

, 
VO

iP
 

• 
32

 
SE

R
VI

C
E 

' 
'-

,_
 ~
 

. '
 

PR
O

VI
D

ER
 

'._
 -

-
-
-
-
-
-
-
~
 . 

''
 

,S
U

BS
YS

TE
M

 

VO
iP

 
PH

O
NE

 
SW

IT
C

H
 

-
-
-
-
-
-
~
 

'\
 

-
-
-
-

-
-
-
-
-
-

--
3

3
 

v
-
-

✓
10

 
,,.

--
12

 
,
-

-
-

-
-

-
-

-
.£.

 
-

-
-

-
-

-
-

-
-

-
I 

I 
I 

18
 

22
 

26
 

I 
! 

VO
iP

 
SW

IT
C

H
 

PH
O

N
E 

I I 

30
 

I 

G
AT

EW
AY

 
I I 

I 
I 

--
--

--
--

--
~

--
--

--
--

~
 

F
IG

. 
5 

,,.
-1

2 
¥ 

_
_

_
 ,,..

.10
 

,-
I 

-
-

-
-

-
-

-
-

-
-

-
-

-
-

-
-

-
1

 

I 
I 

I 
18

 
22

 
26

 
: 

R
O

U
TE

R
 H

 S
W

IT
C

H
 

G
AT

EW
AY

 
·3

0 

VO
iP

 
11

 

PH
O

N
E 

II
 

~
--

--
--

--
--

--
--

--
--

J
 

F
IG

. 
6 

~
 

0
0

 
• ~
 

~
 
~
 

~
 =
 

~
 

~
 =
 

? .... ~U
l 

N
 

0 .... 0 rJ
'1 =­ ('D ('

D
 .....
 

(,
H

 

0 .... .i;
...

 

d rJ
l. 

--.
.l 
~
 

w
 

0
0

 
w

 
0-

-,
 

0
0

 =
 

N
 

Ex.1001 / Page 4 of 11
Cisco Systems, Inc.

Ex.1001 / Page 4 of 11
Cisco Systems, Inc.



U.S. Patent 

90 

Jun.15,2010 

Processor 

Main Memory 

Static: Memory 

1nstr~1ctlons 

Network 
Interface 
Device 

Sheet 4 of 4 US 7,738,368 B2 

Video Display 

Alpha• 
Numeric Input 

l"f,----'lllt Clevire 

___,.--7 'S 
....---=---..... 
Cursor Control 

Device 

Signal 
Generation 

Device 

Ex.1001 / Page 5 of 11
Cisco Systems, Inc.

Ex.1001 / Page 5 of 11
Cisco Systems, Inc.



US 7,738,368 B2 
1 

VOICE OVER INTERNET PROTOCOL 
CODEC ADJUSTMENT 

TECHNICAL FIELD 

The present disclosure generally relates to voice over inter­
net protocol ("VoIP") telephone systems. 

BACKGROUND 

VoIP applications that utilize internal data networks are 
becoming more prevalent. Typically, VoIP is deployed across 

2 
signal, the gatekeeper will instruct the VoIP telephones to 
renegotiate the telephone call and utilized a lower bandwidth 
codec. 

Alternatively, the WAN may have two lines of communi-
5 cation: a primary WAN and a backup WAN. If the primary 

WAN becomes inoperative, the backup WAN will provide the 
connection between the two LANs. In the event that the 
primary WAN becomes inoperative, the VoIP telephones will 
renegotiate the telephone call using a lower bandwidth codec. 

10 Alternatively, the call control gatekeeper may be configured 
to notify the VoIP telephones to renegotiate the telephone 
calls and renegotiate the telephone call and utilize a lower 
bandwidth codec when the primary WAN becomes inopera-a broad network infrastructure including local area networks 

("LAN") and wide area networks ("WAN") which serve to 
connect the LANs to each other. The quality and reliability of 15 

VoIP depends on the underlying network's capabilities and 
limitations. As more network traffic travels between LANs 
via the WAN, including VoIP telephone calls, the amount of 
available bandwidth for making additional VoIP telephone 
calls becomes limited. 

tive. 
In another embodiment of the system, the system includes 

a VoIP service provider system and two WANs connected to 
the VoIP service provider system. Connected to each WAN 
are separate LANs. Each LAN has a router connected to the 
WAN, a switch connected to the router and a VoIP telephone 

20 connected to the switch. 
When the available bandwidth of the WAN is reduced such 

that the bandwidth remaining is inadequate to transmit a VoIP 
telephone call, previous solutions would simply prevent any 
new VoIP telephone calls from being placed. Therefore, there 
exists a need for a system that can allow additional VoIP 25 

telephone calls to be placed when the available bandwidth of 
the WAN is reduced below a desired level. 

When one of the VoIP telephones detect a certain amount of 
voice packets being dropped, the VoIP telephones are config­
ured to renegotiate the telephone call and utilize a lower 
bandwidth codec. Alternatively, the call control gatekeeper 
can be configured to receive a call quality control signal from 
the VoIP telephones. Once a call quality signal is received 
from the call control gatekeeper, the call control gatekeeper 
will instruct the VoIP telephones to renegotiate the telephone 
call and utilize a lower bandwidth codec. BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a first embodiment of VoIP 
telephone system embodying the principles of the present 
invention; 

FIG. 2 is a block diagram of a VoIP telephone embodying 
the principles of the present invention; 

FIG. 3 is a block diagram of a second embodiment of a 
VoIP telephone system having a second WAN connection; 

FIG. 4 is a block diagram of a third embodiment of a VoIP 
telephone system having a VoIP service provider; 

FIG. 5 is a block diagram of a fourth embodiment of a VoIP 
telephone system having a VoIP service provider and a sec­
ondary WAN; and 

FIG. 6 is a block diagram of a fifth embodiment of a VoIP 
telephone system having a VoIP service provider and two 
secondary WANs; and 

FIG. 7 is a block diagram of a general purpose computer. 

DETAILED DESCRIPTION 

In one embodiment, a system for changing the coder-de­
coder ("codec") of a VoIP telephone call includes a WAN and 
two LANs connected to the WAN. The LANs each individu­
ally include a router for connecting the LAN to the WAN, a 
switch connected to the router and a VoIP telephone con­
nected to the switch. When connected thusly, the VoIP tele­
phones can communicate to each other via the WAN. 

The VoIP telephones are configured to communicate to 
each other via voice packets. Additionally, the VoIP tele­
phones can detect the amount of dropped voice packets occur­
ring between the VoIP telephones during a telephone call. 
When the number of dropped voice packets surpasses a cer­
tain amount, the VoIP telephones are configured to renegoti­
ate the telephone call and utilize a lower bandwidth codec. 

The first and/or second LANs may further include a call 
control gatekeeper connected to the router and configured to 
receive a call quality signal from the VoIP telephone of the 
same LAN. When the gatekeeper receives this call quality 

30 Similar to the above, each of the WANs may be replaced 
with primary WAN and a backup WAN. Furthermore, the 
VoIP telephones and/or the call control gatekeeper can be 
configured to detect when the primary WAN becomes inop­
erative. When the primary WAN becomes inoperative, the 

35 VoIP telephones will renegotiate the telephone call and utilize 
a lower bandwidth codec. 

These and other aspects and advantages of the present 
invention will become apparent upon reading the following 
detailed description of the invention in combination with the 

40 accompanying drawings. 

45 

Referring to FIG. 1, a VoIP telephone system 10 is shown. 
The VoIP telephone system 10 includes a first LAN 12 and a 
second LAN 14. The first and second LANs 12 and 14 com­
municate to each other via a WAN 16. 

The first LAN 12 and second LAN 14 may be substantially 
similar or may be of different configurations. The first and 
second LANs 12 and 14 each include routers 18 and 20. The 
routers 18 and 20 function to connect the LANs 12 and 14 to 
the WAN 16. Connected to the routers 18 and 20 are switches 

50 22 and 24, respectively. The switches 22 and 24 function to 
connect a variety of network devices such as VoIP telephones 
26 and 28 as well as computers and printers to the routers 18 
and 22 and eventually the WAN 16. 

Additionally, gateway devices 30 and 32 may be connected 
55 to routers 18 and 20 respectively. The gateway devices 30 and 

32 function to provide access to a public switched telephone 
network ("PSTN"). This allows the VoIP telephones 26 and 
28 access to the traditional telephone network, thereby pro­
viding the ability to access 911 services and make local tele-

60 phone calls. 
Connected to the routers 18 and 20 are call control gate­

keepers 34 and 36. The call control gatekeepers function to 
direct incoming voice packets to the proper VoIP telephone. 
Additionally, as will be explained later, the call control gate-

65 keepers 34 and 36 may function to provide assistance in the 
adjusting the codec used during a VoIP telephone call 
between the VoIP telephones 26 and 28. 
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When making a VoIP telephone call between VoIP tele­
phones 26 and 28, a codec will be utilized to convert the voice 
of the caller to a digital signal. There are many different 
codecs available for converting the voice of the caller to a 
digital signal. For example, the table below shows a variety of 5 

commonly used different codecs and their sampling bit rates. 

an interface 38 for connecting to the switch 24. Located 
within the VoIP telephone 26 is a processor 40 which is 
connected to the interface 38. Connected to the processor 40 
is a memory unit 41 having a plurality of codec algorithms 
located within. Also connected to the processor 40 is com­
munication logic 42, a call quality connection logic 44 and a 

CODEC BIT RATE 

G.711 64 kbps 
G.729 8 kbps 
G.723.1 6.3 kbps 
G.723.1 5.3 kbps 
G.726 32 kbps 
G.726 24 kbps 
G.728 16 kbps 

As shown in the table above, using codec G.711 samples 
the analog voice of the caller at 64 kbps while codec G.729 
samples at 8 kbps per second. By sampling at a higher rate, the 
quality of the voice heard by the listener of VoIP telephone 
will be superior. However, using a codec with a higher sam­
pling rate requires a greater bandwidth to effectively transmit 
calls between VoIP telephones. 

The VoIP telephones 26 and 28 are configured to commu­
nicate to each other via voice packets. Typically, these voice 
packets are sampled using a higher quality codec such as 
G.711. However, the VoIP telephones 26 and 28 are config­
ured to determine the call quality. A determination indicating 
low call quality indicates that the available bandwidth is 
limited. When one of the VoIP telephones 26 and 28 deter­
mine that the call quality is low, the VoIP telephone detecting 
the dropped packets will signal to the other VoIP telephone to 
renegotiate the connection between the VoIP telephones. Dur­
ing this renegotiation of the VoIP telephones, the VoIP tele­
phones 26 and 28 will select a codec using a lower sampling 
rate such as G.729. By utilizing a lower bandwidth codec, the 
amount of available bandwidth increases. By increasing the 
available bandwidth, more data, including additional VoIP 
telephone calls can be transmitted. 

There are several ways to determine call quality. One way 
that may be utilized is to measure the number of dropped 
voice packets over a given time period. Once this measure­
ment surpasses a certain threshold, the VoIP telephones 26 
and 28 will determine that the call quality is low. Another way 
to measure call quality is by measuring the amount of time a 
voice packet takes to travel from one destination to another 
(latency). If the amount of time surpasses a certain threshold, 
the VoIP telephones 26 and 28 will determine that the all 
quality is low. Another way to measure call quality is to 
measure variations in one or more signal characteristics (jit­
ter), such as the interval between successive pulses, the ampli­
tude of successive cycles or the frequency or phase of suc­
cessive cycles. These three ways of determining call may be 
used separately or in any combination. Further, other ways of 
determining call quality may be utilized. 

Alternatively, the gatekeepers 34 and 36 may be configured 
to receive a call quality signal from their respective VoIP 
telephone 26 and 28. When one of the call control gatekeepers 
34 and 36 receive a call quality signal indicating that voice 
packets are being dropped, the call control gatekeeper 34 or 
36 will instruct the VoIP telephone 26 and 28 to renegotiate 
with the other VoIP telephone 26 or 28 to renegotiate the 
telephone call and select a codec with a lower sampling rate. 

Referring to FIGS. 1 and 2, a detailed block diagram of the 
VoIP telephone 26 is shown. The VoIP telephone 26 includes 

codec adjustment logic 46. The logics 42, 44 and 46 may be 
programmed using any number of progrannning languages 
such as C++. When in operation, the processor 40 will com-

10 municate with the second VoIP telephone 28 ( as best shown in 
FIG. 1) using a first codec. The codec used during the tele­
phone call is stored in the memory unit 41. The processor may 
be a TMS3201 of Texas Instruments Incorporated of Dallas, 
Tex. 

15 The communication logic 42 is executable by the processor 
40 and configures the processor to communicate with the 
second VoIP telephone 28 using one of the codec's stored in 
the memory unit 41. The call quality detection logic 44 is 
configured to be executed by the processor 40 and configures 

20 the processor to detect the call quality between the processor 
and the second VoIP telephone using the previously described 
call quality methods. The codec adjustment logic 46 is also 
executable by the processor 40. The codec adjustment logic 
46 configures the processor to communicate with the second 

25 VoIP telephone using a second codec which is also stored in 
the memory unit 41. The codec adjustment logic configures 
the processor to change codecs based on the detected call 
quality. 

Referring to FIG. 3, a second embodiment of the VoIP 
30 telephone system 10 is shown. Similar reference numerals are 

used to indicate similar elements. In this embodiment, the 
WAN 16 ofFIG.1 has been replaced with a primary WAN 17 
and a backup WAN 19. Similar to the WAN 16 of FIG. 1, the 
primary WAN 17 functions to provide communications 

35 between the first LAN 12 and the second LAN 14. The backup 
WAN 19 functions to provide a backup line of communica­
tion between the first LAN 12 and the second LAN 14. Pref­
erably, the second WAN 19 has a bandwidth less that the 
primary WAN 17. If the primary WAN 17 becomes inoper-

40 able, the backup WAN 19 will be utilized to provide a limited 
bandwidth communication line between the LAN s 14 and 16. 

The VoIP telephones 26 and 28 are configured to detect if 
the primary WAN 17 becomes inoperative. In the event that 
the primary WAN 17 becomes inoperative, the VoIP tele-

45 phone 26 and 28 will renegotiate and use a lower bandwidth 
codec. 

Alternatively, the call control gatekeepers 34 and 36 can be 
configured to detect when the primary WAN 17 becomes 
inoperative. In the event that the primary WAN 17 becomes 

50 inoperative, one of the call control gatekeepers 34 and 36 can 
indicate to their VoIP telephone 26 and 28 that the primary 
WAN is inoperative. Once the VoIP telephones 26 and 28 have 
been informed that the primary WAN 17 is inoperative, the 
VoIP telephones 26 and 28 will negotiate the telephone call 

55 using a lower bandwidth codec. 
Referring to FIG. 4, a third embodiment of the VoIP tele­

phone system 10 is shown. Similar to FIG. 1, the VoIP tele­
phone system 10 includes a first LAN 12 and a second LAN 
14. However, the first and second LANs 12 and 14 are con-

60 nected to a first and second WANs 48 and 50, respectively. 
The first and second WAN s 48 and 50 are connected to a VoIP 
service provider system 51 via one or more interfaces (not 
shown). The VoIP telephones 26 and 28 will communicate to 
each other via the VoIP service provider system 52 through 

65 the first WAN 58 and the second WAN 50. 
The VoIP service provider system includes a VoIP service 

provider subsystem 42. A call control gatekeeper 54 is con-
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nected to the VoIP service provider subsystem 52. The call 
control gatekeeper 54 functions to correctly instruct the ser­
vice provider subsystem 42 to direct VoIP telephone calls to 
the intended VoIP telephone. 

6 
mented as or incorporated into various devices, such as a 
personal computer (PC), a tablet PC, a set-top box (STB), a 
personal digital assistant (PDA), a mobile device, a palmtop 

The VoIP telephones 26 and 28 are configured to detect 5 

when voice packets are dropped during a VoIP telephone call. 
When voice packets are dropped, the VoIP telephones 26 and 
28 will negotiate the VoIP telephone calls and change to a 
lower band with codec. 

computer, a laptop computer, a desktop computer, a commu­
nications device, a wireless telephone, a land-line telephone, 
a control system, a camera, a scanner, a facsimile machine, a 
printer, a pager, a personal trusted device, a web appliance, a 
network router, switch or bridge, or any other machine 
capable of executing a set of instructions (sequential or oth­
erwise) that specify actions to be taken by that machine. In a 
particular embodiment, the computer system 64 can be imple-

Alternatively, the call control gatekeeper 54 may be con- 10 

figured to receive a signal from either the VoIP telephones 26 
and 28 indicating that voice packets are being dropped. When 
the call control gatekeeper 54 receives this signal, the call 
control gatekeeper 54 will instruct the VoIP telephones 26 and 

mented using electronic devices that provide voice, video or 
data communication. Further, while a single computer system 
64 is illustrated, the term "system" shall also be taken to 
include any collection of systems or sub-systems that indi­
vidually or jointly execute a set, or multiple sets, of instruc-

28 to renegotiate the VoIP telephone calls and utilize a lower 15 

bandwidth codec. 
Referring to FIG. 5, a fourth embodiment of the VoIP 

telephone system 10 is shown. In this embodiment, the first 
WAN 48 of FIG. 3 has been replaced by a primary WAN 56 
and a backup WAN 58. Like the first WAN 38 of FIG. 3, the 20 

primary and backup WAN s 56 and 58 function to connect the 
first LAN to the VoIP service provider system 52. The primary 
WAN 56 has a greater bandwidth than the backup WAN 58. 
When the primary WAN 56 is inoperative, the backup WAN 

tions to perform one or more computer functions. 
As illustrated in FIG. 7, the computer system 64 may 

include a processor 66, e.g., a central processing unit (CPU), 
a graphics processing unit (GPU), or both. Moreover, the 
computer system 64 can include a main memory 68 and a 
static memory 70 that can communicate with each other via a 
bus 72. As shown, the computer system 64 may further 
include a video display unit 7 4, such as a liquid crystal display 
(LCD), an organic light emitting diode (OLED), a flat panel 
display, a solid state display, or a cathode ray tube (CRT). 

58 will serve to transmit data between the first WAN 48 and 25 

the VoIP service provider system 52. 
The VoIP telephone 26 is configured to detect when the 

primary WAN 56 is inoperative. Alternatively, the VoIP tele­
phone may be configured to receive a signal indicating that 
the primary WAN 56 is inoperative. When the primary WAN 
56 is inoperative, the VoIP telephone 26 will renegotiate the 
VoIP telephone call with the VoIP telephone 28 and utilize a 
lower bandwidth codec. 

Referring to FIG. 6, a fifth embodiment of the VoIP tele­
phone system 10 is shown. In this embodiment the second 
WAN 30 of FIG. 4 has been replaced by a second primary 
WAN 60 and a second backup WAN 62. The second backup 
WAN 62 and the second primary WAN 60 function to connect 
the second local area network 14 to the VoIP service provider 
52. In the event the second primary WAN 50 is inoperative, 
the second backup WAN 62 will provide a connection path 
between the second LAN 14 and the VoIP service provider 52. 

The VoIP telephone 28 is configured to detect when the 
second primary WAN 60 becomes inoperative. In the event 
that the secondary primary WAN 60 becomes inoperative, the 
VoIP telephone 28 will renegotiate the VoIP telephone call 
with the VoIP telephone 26 and utilize a lower bandwidth 
codec. 

Alternatively, the call control gatekeeper 54 may be con­
figured to detect when the second primary WAN 60 becomes 
inoperative. When the second primary WAN 60 becomes 
inoperative, the call control gatekeeper 54 will signal the VoIP 
telephones 26 and 28 to renegotiate the VoIP telephone call 
and utilize a lower bandwidth codec. 

Referring to FIG. 7, an illustrative embodiment of a general 
computer system is shown and is designated 64. The com­
puter system 64 can include a set of instructions that can be 
executed to cause the computer system 64 to perform any one 
or more of the methods or computer based functions dis­
closed herein. The computer system 64 may operate as a 
standalone device or may be connected, e.g., using a network, 
to other computer systems or peripheral devices. 

In a networked deployment, the computer system may 
operate in the capacity of a server or as a client user computer 
in a server-client user network environment, or as a peer 
computer system in a peer-to-peer (or distributed) network 
environment. The computer system 64 can also be imple-

Additionally, the computer system 64 may include an input 
device 76, such as a keyboard, and a cursor control device 78, 
such as a mouse. The computer system 64 can also include a 

30 disk drive unit 80, a signal generation device 82 such as a 
speaker or remote control, and a network interface device 84. 

In a particular embodiment, as depicted in FIG. 7, the disk 
drive unit 80 may include a computer-readable medium 86 in 
which one or more sets of instructions 88, e.g. software, can 

35 be embedded. Further, the instructions 88 may embody one or 
more of the methods or logic as described herein. In a par­
ticular embodiment, the instructions 88 may reside com­
pletely, or at least partially, within the main memory 68, the 
static memory 70, and/or within the processor 66 during 

40 execution by the computer system 64. The main memory 68 
and the processor 66 also may include computer-readable 
media. 

In an alternative embodiment, dedicated hardware imple­
mentations, such as application specific integrated circuits, 

45 programmable logic arrays and other hardware devices, can 
be constructed to implement one or more of the methods 
described herein. Applications that may include the apparatus 
and systems of various embodiments can broadly include a 
variety of electronic and computer systems. One or more 

50 embodiments described herein may implement functions 
using two or more specific interconnected hardware modules 
or devices with related control and data signals that can be 
communicated between and through the modules, or as por­
tions of an application-specific integrated circuit. Accord-

55 ingly, the present system encompasses software, firmware, 
and hardware implementations. 

In accordance with various embodiments of the present 
disclosure, the methods described herein may be imple­
mented by software programs executable by a computer sys-

60 tern. Further, in an exemplary, non-limited embodiment, 
implementations can include distributed processing, compo­
nent/object distributed processing, and parallel processing. 
Alternatively, virtual computer system processing can be 
constructed to implement one or more of the methods or 

65 functionality as described herein. 
The present disclosure contemplates a computer-readable 

medium that includes instructions 88 or receives and executes 

Ex.1001 / Page 8 of 11
Cisco Systems, Inc.

Ex.1001 / Page 8 of 11
Cisco Systems, Inc.



US 7,738,368 B2 
7 8 

ment designed to achieve the same or similar purpose may be 
substituted for the specific embodiments shown. This disclo­
sure is intended to cover any and all subsequent adaptations or 
variations of various embodiments. Combinations of the 

instructions 88 responsive to a propagated signal, so that a 
device connected to a network 90 can connnunicate voice, 
video or data over the network 90. Further, the instructions 88 
may be transmitted or received over the network 90 via the 
network interface device 84. 

While the computer-readable medium is shown to be a 
single medium, the term "computer-readable medium" 
includes a single medium or multiple media, such as a cen­
tralized or distributed database, and/or associated caches and 
servers that store one or more sets of instructions. The term 
"computer-readable medium" shall also include any medium 
that is capable of storing, encoding or carrying a set ofinstruc­
tions for execution by a processor or that cause a computer 
system to perform any one or more of the methods or opera­
tions disclosed herein. 

5 above embodiments, and other embodiments not specifically 
described herein, will be apparent to those of skill in the art 
upon reviewing the description. 

The Abstract of the Disclosure is provided to comply with 
37 C.F.R. §1.72 (b) and is submitted with the understanding 

10 that it will not be used to interpret or limit the scope or 
meaning of the claims. In addition, in the foregoing Detailed 
Description, various features may be grouped together or 
described in a single embodiment for the purpose of stream­
lining the disclosure. This disclosure is not to be interpreted as 

In a particular non-limiting, exemplary embodiment, the 
computer-readable medium can include a solid-state memory 
such as a memory card or other package that houses one or 
more non-volatile read-only memories. Further, the com­
puter-readable medium can be a random access memory or 
other volatile re-writable memory. Additionally, the com­
puter-readable medium can include a magneto-optical or 
optical medium, such as a disk or tapes or other storage device 

15 reflecting an intention that the claimed embodiments require 
more features than are expressly recited in each claim. Rather, 
as the following claims reflect, inventive subject matter may 
be directed to less than all of the features of any of the 
disclosed embodiments. Thus, the following claims are incor-

20 porated into the Detailed Description, with each claim stand­
ing on its own as defining separately claimed subject matter. 

The above disclosed subject matter is to be considered 
illustrative, and not restrictive, and the appended claims are 
intended to cover all such modifications, enhancements, and to capture carrier wave signals such as a signal connnunicated 

over a transmission medium. A digital file attachment to an 
e-mail or other self-contained information archive or set of 
archives may be considered a distribution medium that is 
equivalent to a tangible storage medium. Accordingly, the 
disclosure is considered to include any one or more of a 
computer-readable medium or a distribution medium and 
other equivalents and successor media, in which data or 
instructions may be stored. 

25 other embodiments, which fall within the true spirit and scope 
of the present invention. Thus, to the maximum extent 
allowed by law, the scope of the present invention is to be 
determined by the broadest permissible interpretation of the 
following claims and their equivalents, and shall not be 

30 restricted or limited by the foregoing detailed description. 

Although the present specification describes components 
and functions that may be implemented in particular embodi­
ments with reference to particular standards and protocols, 35 

the invention is not limited to such standards and protocols. 
For example, standards for Internet and other packet switched 
network transmission ( e.g., TCP/IP, UDP/IP, HTML, HTTP) 
represent examples of the state of the art. Such standards are 
periodically superseded by faster or more efficient equiva- 40 

lents having essentially the same functions. Accordingly, 
replacement standards and protocols having the same or simi-
lar functions as those disclosed herein are considered equiva­
lents thereof. 

The illustrations of the embodiments described herein are 45 

intended to provide a general understanding of the structure 
of the various embodiments. The illustrations are not 
intended to serve as a complete description of all of the 
elements and features of apparatus and systems that utilize 
the structures or methods described herein. Many other 50 

embodiments may be apparent to those of skill in the art upon 
reviewing the disclosure. Other embodiments may be utilized 
and derived from the disclosure, such that structural and 
logical substitutions and changes may be made without 
departing from the scope of the disclosure. Additionally, the 55 

illustrations are merely representational and may not be 
drawn to scale. Certain proportions within the illustrations 
may be exaggerated, while other proportions may be mini­
mized. Accordingly, the disclosure and the figures are to be 
regarded as illustrative rather than restrictive. 60 

One or more embodiments of the disclosure may be 
referred to herein, individually and/or collectively, by the 
term "invention" merely for convenience and without intend­
ing to voluntarily limit the scope of this application to any 
particular invention or inventive concept. Moreover, although 65 

specific embodiments have been illustrated and described 
herein, it should be appreciated that any subsequent arrange-

The invention claimed is: 
1. A system comprising: 
a VoIP service provider system having a call control gate­

keeper, a first interface and a second interface; 
the first interface connected to a first LAN having an inter­

face to a first VoIP telephone; 
the second interface connected to a second LAN having an 

interface to a second VoIP telephone; 
the first and second VoIP telephones being configured to 

connnunicate using a first codec; 
the call control gatekeeper configured to receive a call 

quality signal from the first VoIP telephone and send an 
adjustment signal based on the call quality signal to the 
first and second VoIP telephones instructing the first and 
second VoIP telephones to connnunicate using a second 
codec; and 

wherein the adjustment signal based on the call quality 
signal is sent to the first and second VoIP telephones 
during a telephone call between the first and second VoIP 
telephones. 

2. A system comprising: 
a VoIP service provider system having a call control gate­

keeper, a first interface and a second interface; 
the first interface connected to a first LAN having an inter­

face to a first VoIP telephone; 
the second interface connected to a second LAN having an 

interface to a second VoIP telephone; 
the first and second VoIP telephones being configured to 

connnunicate using a first codec; 
the call control gatekeeper configured to receive a call 

quality signal from the first VoIP telephone and send an 
adjustment signal based on the call quality signal to the 
first and second VoIP telephones instructing the first and 
second VoIP telephones to connnunicate using a second 
codec; and 

wherein the call quality signal is based upon a number of 
dropped voice packets during a VoIP telephone call. 
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3. A system comprising: 
a VoIP service provider system having a call control gate­

keeper, a first interface and a second interface; 
the first interface connected to a first LAN having an inter­

face to a first VoIP telephone; 
the second interface connected to a second LAN having an 

interface to a second VoIP telephone; 
the first and second VoIP telephones being configured to 

communicate using a first codec; 
the call control gatekeeper configured to receive a call 10 

quality signal from the first VoIP telephone and send an 
adjustment signal based on the call quality signal to the 
first and second VoIP telephones instructing the first and 
second VoIP telephones to communicate using a second 
codec;and 15 

a primary WAN and a secondary WAN connection between 
the first LAN and the VoIP service provider system for 
connecting the first LAN to the VoIP service provider 
system, the secondary WAN provides a backup connec­
tion when the call quality signal indicates that the pri- 20 

mary WAN is inoperative. 
4. The system of claim 3, wherein a bandwidth of the 

secondary WAN is less than a bandwidth of the primary 
WAN. 

5. The system of claim 3, wherein the call control gate- 25 

keeper is configured to detect and send an adjustment signal 
to the VoIP telephones instructing the VoIP telephones to 
change the codec of the VoIP telephone call when the primary 
WAN is inoperative. 

6. A system comprising: 
a VoIP service provider system having a call control gate­

keeper, a first interface and a second interface; 
the first interface connected to a first LAN having an inter­

face to a first VoIP telephone; 

30 

the second interface connected to a second LAN having an 35 

interface to a second VoIP telephone; 
the first and second VoIP telephones being configured to 

communicate using a first codec; 
the call control gatekeeper configured to receive a call 

quality signal from the first VoIP telephone and send an 40 

adjustment signal based on the call quality signal to the 
first and second VoIP telephones instructing the first and 
second VoIP telephones to communicate using a second 
codec; 

a public switched telephone network; and 
a gateway in communication with the router of the first 

LAN and the public switched telephone network, the 
gateway configured to provide access to the public 
switched telephone network from the VoIP telephone of 
the first LAN. 

7. A system for changing a codec of a VoIP telephone call, 
the system comprising: 

a primary WAN; 

45 

50 

10 
wherein the quality of the VoIP telephone call is measured 

by a number of dropped voice packets. 
8. A system for changing a codec of a VoIP telephone call, 

the system comprising: 
a primary WAN; 
a first LAN in communication with the primary WAN; 
a second LAN in communication with the primary WAN; 
the first and second LANs each individually having a 

router, a switch in communication with the router and an 
interface to a VoIP telephone in communication with the 
switch, where the primary WAN transmits voice packets 
of a VoIP telephone call between the VoIP telephones 
connected to the interfaces of the first and second LAN s; 

the VoIP telephones connected to the interfaces of the first 
and second LAN s are configured to communicate to 
each other using voice packets, measure the quality of 
the VoIP telephone call and change a codec of the VoIP 
telephone call based on a measured quality of the VoIP 
telephone call; and 

wherein the first LAN further comprises a call control 
gatekeeper in communication with the router configured 
to receive a call quality signal from the VoIP telephone of 
the first LAN and send an adjustment signal based on the 
call quality signal to the VoIP telephones instructing the 
VoIP telephones to change the codec of the VoIP tele­
phone call. 

9. A system for changing a codec of a VoIP telephone call, 
the system comprising: 

a primary WAN; 
a first LAN in communication with the primary WAN; 
a second LAN in communication with the primary WAN; 
the first and second LANs each individually having a 

router, a switch in communication with the router and an 
interface to a VoIP telephone in communication with the 
switch, where the primary WAN transmits voice packets 
of a VoIP telephone call between the VoIP telephones 
connected to the interfaces of the first and second LAN s; 

the VoIP telephones connected to the interfaces of the first 
and second LAN s are configured to communicate to 
each other using voice packets, measure the quality of 
the VoIP telephone call and change a codec of the VoIP 
telephone call based on a measured quality of the VoIP 
telephone call; 

a secondary WAN in communication with the routers of the 
first and second LAN s for transferring the voice packets 
between the VoIP telephones when the primary WAN is 
inoperative; and 

the VoIP telephones being configured to detect when the 
primary WAN is inoperative and change the codec of the 
VoIP call when the call quality signal indicates that the 
primary WAN is inoperative. 

10. The system of claim 9, wherein the first LAN further 
comprises a call control gatekeeper configured to receive a a first LAN in communication with the primary WAN; 

a second LAN in communication with the primary WAN; 
the first and second LANs each individually having a 

router, a switch in communication with the router and an 
interface to a VoIP telephone in communication with the 
switch, where the primary WAN transmits voice packets 
of a VoIP telephone call between the VoIP telephones 
connected to the interfaces of the first and second LAN s; 

55 call quality signal from the VoIP telephone of the first LAN 
and send an adjustment signal based on the call quality signal 
to the VoIP telephones instructing the VoIP telephones to 
change the codec of the VoIP telephone call. 

11. A system for changing a codec ofa VoIP telephone call, 

60 the system comprising: 
a primary WAN; 

the VoIP telephones connected to the interfaces of the first 
and second LANs are configured to communicate to 
each other using voice packets, measure the quality of 
the VoIP telephone call and change a codec of the VoIP 65 

telephone call based on a measured quality of the VoIP 
telephone call; and 

a first LAN in communication with the primary WAN; 
a second LAN in communication with the primary WAN; 
the first and second LANs each individually having a 

router, a switch in communication with the router and an 
interface to a VoIP telephone in communication with the 
switch, where the primary WAN transmits voice packets 
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of a VoIP telephone call between the VoIP telephones 
connected to the interfaces of the first and second LAN s; 

the VoIP telephones connected to the interfaces of the first 
and second LANs are configured to connnunicate to 
each other using voice packets, measure the quality of 5 

the VoIP telephone call and change a codec of the VoIP 
telephone call based on a measured quality of the VoIP 
telephone call; and 

wherein the bandwidth of the primary WAN is greater than 
the bandwidth of the primary WAN. 10 

12. A system for changing a codec of a VoIP telephone call, 
the system comprising: 

a primary WAN; 
a first LAN in connnunication with the primary WAN; 

15 
a second LAN in connnunication with the primary WAN; 
the first and second LANs each individually having a 

router, a switch in connnunication with the router and an 

12 
interface to a VoIP telephone in connnunication with the 
switch, where the primary WAN transmits voice packets 
of a VoIP telephone call between the VoIP telephones 
connected to the interfaces of the first and second LAN s; 

the VoIP telephones connected to the interfaces of the first 
and second LAN s are configured to connnunicate to 
each other using voice packets, measure the quality of 
the VoIP telephone call and change a codec of the VoIP 
telephone call based on a measured quality of the VoIP 
telephone call; 

a public switched telephone network; and 
a gateway in communication with the router of the first 

LAN and the public switched telephone network, the 
gateway configured to provide access to the public 
switched telephone network from the VoIP telephone of 
the first LAN. 

* * * * * 
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