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VoIP Voice Quality Issues with Analog FXO 
Interfaces Application Note

Voice quality issues on calls that traverse gateways with FXO interfaces are usually only heard on the 
Voice-over-IP (VoIP) network (IP phone) side.

The assumed topology is shown in Figure 1.

Figure 1 FXO QoS Topology

Voice quality issues are found in gateways with analog FXO interfaces, often due to the variations of the 
cable plant in combination with the hybrid (the module that performs 2-wire to 4-wire translation). FXS 
interfaces typically exhibit acceptable quality of service, because usually they are connected to short 
distance premises wiring, not miles of cable as is typical of FXO interfaces.

The components and parameters of a call path through an FXO port is shown in Figure 2
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Figure 2 FXO Call Path and Components

Voice Quality Problem Descriptions
Voice quality is affected by a number of factors including:

• The performance of the analog front end of the Voice Interface Card (VIC). Transhybrid loss (THL) 
and receive path loss are key parameters. The performance varies with VIC technology, port 
impedance configuration, cable plant, and possibly the central office (CO) line circuit.

• The input gain, output attenuation, and impedance settings of the port. 

• The echo canceller, including cancellation performance, double talk detection performance, and the 
non-linear processor (NLP) algorithm.

• The transmit level provided by the CO.

Condition Identification
This section lists the most common voice quality issues found with Cisco analog FXO interfaces. For 
resolution of a particular issue, find the description in this section that most closely matches your 
condition and refer to the same item in the “Voice Quality Troubleshooting and Mitigation” section.

Because the voice quality issues are heard on the VoIP side of the call, they cannot be diagnosed from a 
customer site by any Cisco personnel located off the premises. Site personnel involved in reporting and 
diagnosing problems are often unfamiliar with voice quality issues and false interpretations might occur. 
When there is uncertainty about the diagnosis or when the voice quality issues cannot be resolved, PCM 
captures or sniffer captures might be desirable. The captures can be converted to audio files and graphic 
plots for analysis and diagnosis. See Table 1 for releases that support PCM capture.

For PCM capture procedures, see http://www-vdtl/SPUniv/DSP/PCMTrace/pcmtrace.htm
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For audio samples to help identify voice quality issues, see 
http://www.cisco.com/warp/public/788/voice-qos/symptoms.html

Echo 

Echo might occur when the canceller has not had a chance to adapt, is disabled, or when the NLP does 
not insert silence or comfort noise or is disabled. A short duration burst of echo at the first speech 
utterance is considered normal for any call. 

There can be several types of echo heard on the VoIP side of a call through an FXO port including 
persistent echo throughout the call or bursts of distorted echo throughout the call that coincides with loud 
IP phone speech. 

Bursts of distorted echo sound distorted and will coincide with intervals of high speech levels on the IP 
phone but does not occur when speech levels are soft. In this document, this type of echo is referred to 
as 'clipping echo'. It may sound similar to the example at the link “Fuzzy Voice Symptom Recording”:

http://www.cisco.com/warp/public/788/voice-qos/symptoms.html#fuzz

NLP Comfort Noise

With VAD disabled, if static and hissing is heard that coincides with speech uttered on the IP phone and 
disappears when NLP Comfort Noise is disabled, it is likely that the static is a NLP Comfort Noise issue. 
NLP Comfort Noise can be disabled by using a no non-linear command on the relevant voice-port (this 
allows residual echo to be heard). The listener must discern the change, if any, from noise to residual 
echo. NLP Comfort Noise will not be heard while the PSTN side is speaking and the IP phone side is 
muted or silent. NLP Comfort Noise might be perceived as annoying when its level and or frequency 
distribution do not match the background noise, or when the received speech level is low relative to the 
background noise. NLP Comfort Noise insertion tends to coincide with bursts of Reference energy.

Double Talk Clipping

Double talk clipping is the break up of speech heard on the IP phone when both parties speak 
simultaneously. The break up of speech is characterized by replacement of speech with bursts of silence 
or comfort noise. The intervals of silence or noise will coincide with bursts of speech uttered on the IP 
phone. When the IP phone side is muted or silent, no break up of speech is heard. The break up of speech 
is caused by the NLP and occurs when the echo canceller fails to detect the double talk condition. The 
relative levels of the Reference versus the Send In signals as well as the amount of cancellation achieved 
are factors in the detection of double talk. For more details see Technical Note on Double Talk Detection 
Error.

Note Please refer to Figure 2 for the location and relationship of signal names used in this section.

Low Receive Levels

When the IP phone user finds that the speech levels are too soft for all calls placed through an FXO port, 
the port has a low receive level. The IP phone user is often compelled to increase the IP phone volume 
for calls made through the port. Low receive levels reflect the cumulative transmission losses in the call 
path. Contributors to loss include provisioned losses (CO), cable plant losses, and FXO circuit losses.
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Line Noise

Line noise is the statistically constant noise that originates from the subscriber loop (it is unchanged with 
respect to the call endpoint). Noise that is the same for all calls and persists for the duration of any call 
on a FXO port is line noise. Line noise is heard mixed with speech when the IP phone is muted or silent 
while the PSTN side is speaking. It might also be heard on calls when using an analog phone on the same 
line. An example of line noise due to cabling connection issues can be heard in “Crackling Symptom 
Recording”: http://www.cisco.com/warp/public/788/voice-qos/symptoms.html#crackle

It might include power line hum when the cable plant is near power sources and there is a line imbalance. 
Often, it is the harmonics of fundamental (for example: n*60-Hz = 120-Hz, 180-Hz, 240-Hz, or 300-Hz) 
that are present. Power line hum might not be objectionable; however, its presence can adversely affect 
the levels of NLP comfort noise. 

Note Increasing the IP phone to maximum volume might amplify any noise present to perceptible levels.

An example of hum can be heard in “Hum Symptom Recording”: 
http://www.cisco.com/warp/public/788/voice-qos/symptoms.html#buzz

Crosstalk

Crosstalk is defined as when IP phone users hear other conversations during a call. Crosstalk is caused 
by the excessive coupling across cable pairs and is characterized by interfering speech that is additive 
and does not replace the expected speech. Near end crosstalk might occur when there is line imbalance 
due to non–standard cable termination or routing. It might be heard by IP phone users who hear speech 
from calls sharing the same gateway and cable bundle.

An example can be heard in “Crosstalk Symptom Recording”: 
http://www.cisco.com/warp/public/788/voice-qos/symptoms.html#crosstalk

Voice Quality Troubleshooting and Mitigation
This section provides the steps necessary to resolve voice quality issues that might occur when an IP 
phone user places a call goes through an analog FXO port. The VIC-2FXO and VIC-2FXO-M1 with the 
latest changes work as well as the VIC2-FXO.

The choice of FXO VIC can be a significant factor in achieving satisfactory voice quality, especially for 
the longer subscriber loops. For example, VIC-2FXO and VIC-2FXO-M1 with the latest changes work 
as well as theVIC2-FXO have an advanced DAA design and has a variety of impedance selections 
available.

Note The Enhanced G.168 Echo Cancellation (ECAN) is the recommended echo canceller technology 
because of its fast convergence and it ability to operate with low ERL. Refer to Table 1 to find the IOS 
release with Enhanced G.168 Echo Cancellation. The most recent release of the Enhanced G.168 Echo 
Cancellation ECAN library is 9.14. (The release solved some customer complaints of objectionable 
comfort noise.) Echo issues with the legacy Cisco ECAN are not addressed in this document.
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Resolving Echo

If Echo persists throughout a call, the echo may be beyond the capability of the ECAN to mitigate.

Problem Echo might extend beyond the coverage of the ECAN.

Solution Refer to the following link for more information: 
http://www.cisco.com/warp/customer/788/voice-qos/echo_ipphone_gateway.html#extendedecho.

If Echo coincides with loud IP phone speech (clipping echo) and if there is a persistent echo only when 
the IP phone user speaks loudly (and there is no echo when speech levels are soft), there is likely clipping 
in the IP phone to PSTN path. 

Problem Improper loss settings or high gain device (for example, an IP phone headset). 

Solution If the clipping echo occurs with the use of a particular device, remove the device or adjust its 
gain setting, if any. If the clipping echo occurs only when the call traverses other voice interfaces, 
examine the gain values in the relevant interfaces. 

In the following example, verify that port 0/0:2 output attenuation is greater than 0 and that port 1/0:1 
input gain is less than 0.

Figure 3 Clipping Echo Example

If the clipping echo always occurs for calls through an FXO port, increase the output attenuation of the 
port by several decibels. The output attenuation should not be increased to the point where the speech 
levels heard by the PSTN listener become too soft (a subjective limit). 

NLP Comfort Noise

Annoying levels of static or a hissing noise that coincides with IP phone speech. 

Problem You are running an older version of Enhanced G.168 Echo Cancellation or are experiencing 
excessive line noise. 

Solution Confirm that you are running version 9.14 or later of Enhanced G.168 Echo Cancellation. Refer 
to Table 1 to find which IOS releases contain the 9.14 echo library. 

Note For a given platform and VWIC, choose the later of the releases listed in the “Impedance/THLB 
Support” column and the “Impedance/THLB Support” column. If you need both the Enhanced G.168 
Echo Cancellation version 9.14 ECAN and impedance selection enhancements, see the “Line Noise” 
section to address line noise. 
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Double Talk Clipping

Choppy speech heard by the IP phone user due to silence or comfort noise insertion by the NLP during 
double talk. 

Problem Double talk detection error. 

Solution Tune the FXO voice-port parameters input gain, output attenuation, impedance setting, and 
ERL setting. 

Step 1 Set output attenuation and input gain to the default values.

Step 2 If the input gain achieved in Step 7 is 6 dB or more, add echo-cancel erl worst-case 0 and shut/no shut 
the port. See Technical Note: Input Gain for more details.

Step 3 Place calls through the port to ensure the clipping has been mitigated and other quality issues are not 
introduced. If double talk clipping is not mitigated or if the PSTN speech levels are too soft, go to Step 8 
and try other impedance settings. 

Step 4 While in the voice-port config level, display the available impedance settings by entering the 
impedance ? command. Each setting should be successively tested to find the best impedance match. 
The setting that results in the lowest receive loss and highest THL is the best impedance match. 

See “Procedure 1: Measurement of Receive Loss” for the procedure to measure receive loss and THL. 
While evaluating different impedance settings, maintain the same (default) input gain and output 
attenuation for valid comparisons. 

Step 5 Repeat Step 1 through Step 4 after finding the best impedance level. See Technical Note: Line 
Impedance for more information on line impedance.

Step 6 Gradually increase output attenuation (in the positive direction). Stop when the double talk clipping 
ceases or the speech levels heard on the PSTN side become too soft.

Step 7 Increase the input gain. Stop when levels are comparable to an IP phone to IP phone call or if 12 dB of 
gain is reached. Internal Cisco Note: The limit of 12 dB is based on a recommendation by the ECAN 
vendor (TI/Telogy).

Step 8 While in the voice-port config level, display the available impedance settings by entering the 
impedance ? command. Each setting should be successively tested to find the best impedance match. 
The setting that results in the lowest receive loss and highest THL is the best impedance match. 

See “Procedure 1: Measurement of Receive Loss” for the procedure to measure receive loss and THL. 
While evaluating different impedance settings, maintain the same (default) input gain and output 
attenuation for valid comparisons. 

Step 9 Repeat Step 6 through Step 2 after finding the best impedance setting. See Technical Note: Line 
Impedance for more information.

If the double talk or clipping is not satisfactorily mitigated, compare the impedance settings of the 
current image with the setting shown in the Impedance/THLB Support column of Table 1 to see if there 
is a release that supports other impedance settings.

Low Receive Levels

Low receive levels is defined as speech heard by the IP phone user is too soft (when the IP phone volume 
is set for IP phone to IP phone calls) and/or has background noise. 
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Problem The FXO impedance setting might not match the line. There might also be loss padding in the 
CO line circuit. 

Solution Tune the FXO voice-port parameters input gain, impedance setting, and ERL setting.

Step 1 Place calls through the port to ensure the sure the levels are satisfactory and that new issues were not 
introduced such as excessive gain. If receive level is not satisfactory, continue with Step 2, changing the 
impedance settings. 

Step 2 While in the voice-port config level, display the available impedance settings by entering the 
impedance ? command. Each setting should be successively tested to find the best impedance match. 
The setting that results in the lowest receive loss and highest THL is the best impedance match. 

After finding the best impedance setting, continue with Step 4, While evaluating different impedance 
settings, maintain the same (default) input gain and output attenuation for valid comparisons. See the 
technical note on Line Impedance for more information.

Step 3 If the receive level still cannot be satisfactorily adjusted, compare the impedance settings of the current 
image with the setting shown in the Impedance/THLB Support column of Table 1 to see if there is a 
release that supports other impedance settings. 

Step 4 Starting from the default value, adjust input gain. Stop when levels are comparable to an IP phone to IP 
phone call or if 12 dB of gain is reached.

Step 5 If the input gain achieved in Step 4 is 6 dB or more, add echo-cancel erl worst-case 0 and shut/no shut 
the port. See Technical Note: Input Gain for more details.

Line Noise

Line noise, such as power line hum, might contribute to quality issues such as annoying comfort noise. 

Problem A service provider equipment installation error or premises cabling problem. 

Solution If line noise is heard by the IP phone user, the origin (premises issue versus cable plant) should 
be identified by noise measurements performed first on the line and then at the demarcation point (with 
premises cabling removed). The demarcation point is typically an IDC punchdown block that requires 
equipment such as a buttset (a specialized phone) to hear the hum or a test set with appropriate 
connectors. 

Issues originating from the premises must be resolved jointly by Cisco and facilities service personnel. 
Issues originating from the cable plant and beyond should be addressed by the service provider. Line 
noise, in particular spectrally discrete noise such as power line hum, can cause an audible contrast with 
NLP Comfort Noise as well as inducing annoying levels of NLP Comfort Noise.

Crosstalk

Crosstalk is the excessive coupling across cable pairs and is characterized by interfering with speech that 
is additive and does not replace the expected speech. 

Reason: A cable pair imbalance in the premises cabling, for example poorly terminated cables. (The 
service provider cable plant is engineered to minimize crosstalk, so it is least likely the source of the 
crosstalk.) Too much gain (negative output attenuation) might also be a cause.

Solution: Verify that the premises cabling is based on standard structured wiring methods. Crosstalk 
issues might require a technician to troubleshoot and repair. Problematic lines might be identified with 
a test set with an emphasis on balance tests. Another approach is to instrument the line (with a phone, 
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test set, or oscilloscope) on which crosstalk is heard and systematically energize (See Procedure 3: 
Generating a Test Tone from the Gateway) the lines that share the same cable bundle. Crosstalk is 
indicated when the interfering signal is detected on the line under test. Lines that source crosstalk or 
exhibit imbalance are candidates for replacement or repair.

Technical Note: Hybrid Circuit and Transhybrid Balance
The hybrid circuit of a two-wire voice interface converts the bidirectional signals on tip and ring into 
separate transmit and receive voice paths. The hybrid circuit also controls the impedance presented to 
tip and ring. 

One of the important characteristics of the hybrid circuit is the THL. THL defines how well the hybrid 
attenuates the output signal from the input signal. To attenuate the output signal from the input signal, 
the hybrid circuit uses a balance network and a summing amplifier. This balance network produces a 
signal that mimics the reflected signal from tip and ring, but is 180 degrees out of phase. When this signal 
is summed with the input signal from tip and ring, the output signal is attenuated. The amount of 
attenuation depends on the impedance of the line and the characteristics of the balance network. 

Due to the wide range of line lengths and impedances seen by the interface, multiple balance networks 
are often required. 

Technical Note: Input Gain
Increasing the input gain and setting echo-cancel erl worst-case is recommended by the ECAN vendor. 
The echo-cancel erl worst-case parameter is used by the ECAN to discriminate echo versus received 
speech. This recommendation might change if the ECAN vendor implements scaling.

Technical Note: Line Impedance
The cable plant attached to the FXO interface presents impedance that is primarily a function of cable 
length and cable gauge. There are secondary aspects of the cable plant that affect impedance, but they 
are beyond the scope of this note. They include the dielectric, temperature, twist pitch, mixed gauge 
lines, bridged taps, CO terminating impedance, voice frequency repeaters, and loading coils. 

The impedance presented to the FXO hybrid by a given line is a point in a continuum of possible 
impedance values. Because Cisco FXO implementations have a finite selection of impedance settings, 
no setting can be expected to match a particular line impedance exactly. There may be a setting that 
offers the best impedance match and thus the best hybrid performance. 

The best match is characterized by a setting that provides the highest THL (least amount of hybrid echo) 
and minimum receive loss (highest receive levels). It is also possible that no best match can be identified 
when hybrid performance results are mixed or about the same. When this occurs, the impedance setting 
might be chosen by listening tests and comparisons of voice quality. 

Information about the cable plant is usually too vague, for example “The CO is about 2 miles away,” to 
use as a guide to selecting impedances. There currently is no automated way to determine the best 
impedance setting, it must be empirically discovered. 
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Technical Note: Double Talk Detection Error
The double talk detector operates by analysis of the transmit (reference), input (send In), and canceller 
output (send Out) signals. The double talk detector might falsely interpret high levels of cancellation (for 
example, send Out << send In) that might occur during double talk as reference single talk. 

Note Please refer to Figure 2 for the location and relationship of signal names used in this section.

This condition occurs when the FXO impedance setting does not match the line impedance. The 
mismatch increases the reflection of the reference back toward the send In (increase hybrid echo) and 
might also decrease the signal coupled from the line to the send In (more signal transmitted from the CO 
is reflected from the FXO interface). The high level of hybrid echo and low level of receive signal results 
in high cancellation levels to be measured during double talk. 

When the hybrid echo level is reduced relative to the receive signal, there is less measurable cancellation 
and the double talk detector is less apt to falsely interpret that reference single talk is occurring. The 
hybrid echo might be reduced by a better impedance match or by increasing the output attenuation of the 
FXO voice-port.

Procedure 1: Measurement of Receive Loss
To measure the receive loss and THL, do the following:

Step 1 Place a call to a test number (request the number from the service provider) through the line connected 
to the FXO. In most cases, a test number is available at the CO that terminates the subscriber line and 
provides a tone at 1004-Hz at 0 dBm. 

Step 2 Enter show call active voice brief at the prompt. 

Router# show call active voice brief
<snip>       
Telephony call-legs: 2
SIP call-legs: 0
H323 call-legs: 0
MGCP call-legs: 0
Multicast call-legs: 0
Total call-legs: 2
11E4 : 17104388hs.1 +384 pid:101 Answer 101 active
 dur 00:05:41 tx:3831/612960 rx:11995/1919200
 Tele 0/1:5: tx:341700/239900/0ms g711ulaw noise:-46 acom:-54  i/0:-3/-58 dBm

11E4 : 17104704hs.1 +68 pid:100 Originate 100 active
 dur 00:05:41 tx:11995/1919200 rx:3831/612960
 Tele 0/0 (6): tx:341710/76620/0ms g711ulaw noise:-72 acom:67  i/0:-74/-6 dBm

The receive loss is the difference between the input level and 0 dBm (0 minus input level) and includes 
FXO circuit, cabling, and CO line circuit losses. The results of show call active voice brief indicates 
the loss is 3 dB (0 to -3).

The industry standard maximum loss is 8 dB as measured with a test set (for example SAGE, 
METROTEL) terminating the line with the 1004-Hz test signal (0 dBm - dBm measured). If 8 dB 
standard is exceeded, the service provider is expected to provide a resolution. The loss measurement 
through the FXO might exceed 8 dB and might differ from the test result because of the differences in 
the line circuitry.
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Procedure 2: Measurement of Transhybrid Loss
The THL estimate is the difference between output and input levels (output – input). Typical values range 
from 8 dB to 15 dB with default input gain and output attenuation.

The THL can be measured by executing the following procedure.

Step 1 Place a call by using the topology shown in Figure 4.

Figure 4 Transhybrid Loss Estimation Topology

Step 2 While transmitting a test tone (See Procedure 3: Generating a Test Tone from the Gateway.) from the IP 
phone, mute the analog phone (for example, remove the handset), and note the input and output of the 
FXO port by using the show call active voice brief command. 

Procedure 3: Generating a Test Tone from the Gateway
To measure the receive loss and THL, do the following:

Step 1 Make a call through the FXO interface. If you have a number for a quite termination, use it or make a 
call that returns back through the router. 

Step 2 Place the called-party phone on mute. The call cannot be a clear channel call or the rest of the procedure 
will not work.

Step 3 Enter the test voice port x/y/z inject-tone local 200Hz command.

Step 4 Wait one or two seconds

Step 5 Enter the show voice call x/y/z command.

Step 6 Record the TDM ERL number displayed.

Step 7 Repeat Step 2 and Step 3 for the remaining frequencies; 300,500,1000,2000,3000,3400

Step 8 Enter the test voice port x/y/z inject-tone local disable command.

Step 9 If the results are acceptable, stop. Otherwise change the impedance (shut/no shut is required) and repeat 
the procedure beginning at Step 1.
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Note Step 2 through Step 5 can be replaced by the test voice port x/y/z inject-tone sweep 100 0 0 command.

So what is acceptable? You must use your own judgement. When real voice is sent, there are components 
from many different frequencies transmitted at the same time. The DSP sorts or combines those parts, 
so it sees the worst case frequency from an ERL. The impedance that gives highest ERL number should 
be used. We recommend that you choose the impedance that delivers the flattest response.

Assuming all ports connect to the same device, once you find a good value you can use it for all the ports 
with out measuring each port.

The following is a general guideline to pick impedance setting if you know something about the loop 
distance.

• 0 to 5Kft of cable, use 600R or match impedance of the terminating equipment

• 5K to 10Kft of cable, use complex4

• 10K to 15Kft of cable, use either complex5 or complex6

Assuming you use an image that has the new impedances, Complex 1, Complex 2, Complex 3 can also 
help for some cases, but it requires more trial and error. In the old images Complex 1 and Complex 2 
where broken.

Start with Complex 4 or Complex 6, these are compromise networks that give decent THL over a large 
range of loop lengths.

Complex 5 is an optimized impedance that works very well in the 12 to 15,000-foot range, and is an 
improvement over the 600R for other loops. The echo response is not as flat and the level at 1,000-Hz 
is little lower than Complex 4 and Complex 6.

Potential Loss in the Cable Plant

The following procedure might determine loss in the cable plant.

Step 1 Make a call through the FXO interface (port x0/y0/z00 that returns back through router port x1/y1/z1). 

Step 2 Place the called party phone on mute. The call can not be a clear channel call or the rest of the procedure 
will not work.

Step 3 Enter the test voice port x0/y0/z0 inject-tone local 1000 command.

Step 4 Wait one or two seconds.

Step 5 Enter the show voice call x1/y1/z1 command.

Step 6 Record the Rx from PBX/Phone number displayed with by using the show command.

Step 7 Repeat Step 2 through Step 5 for the remaining frequencies: 200, 300, 500, 2000, 3000, and 3400 if 
desired.

Step 8 Enter the test voice port x/y/z inject-tone local disable command.

This is the full channel loss through the CO. The values do not include the output attenuation or input 
gain values.
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Voice Quality Troubleshooting and Mitigation
A migration might utilize a different interface such as a PRI or a different platform and FXO VWIC. 

Table 1 Enhanced G.168 Echo Cancellation Support Matrix

Voice Module NM Platform DSP IOS G.168 Ecan Support
Impedance/THLB 
Support

Enhanced G.168 
Echo 
Cancellation 
Version 9.14 
Library Support1

VIC-2FXO NM-1V
NM-2V

Cisco 2600XM, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

12.3(4)XD, 
12.3(3rd)T
Complex32

complex4
complex5
complex6

no support

NM-1V
NM-2V

Cisco 2600 
(Classic)3

C542 no support (only Cisco 
Ecan)

TBD (development 
effort required)

no support

N/A Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline4

12.3(2)TBD164 12.3(2)XA

N/A Cisco ICS 7750 C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH 5

12.3(2)TBD164 12.3(2)XA 

VIC-2FXO-M1 NM-1V
NM-2V

2600XM, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

12.3(4)XD, 
12.3(3rd)T
Complex32

complex4
complex5
complex6

no support

NM-1V
NM-2V

Cisco 2600 
(Classic)

C542 no support (only Cisco 
Ecan)

TBD (development 
effort required)

no support

Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline4

12.3(2)TBD164 12.3(2)XA

Cisco ICS 7750 C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH5

12.3(2)TBD164 12.3(2)XA 

VIC-2FXO-M2 NM-1V
NM-2V

Cisco 2600, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

TBD (development 
effort required)

no support
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Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline4

12.3(2)TBD164

VIC-2FXO-M3 NM-1V
NM-2V

Cisco 2600, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

TBD (development 
effort required)

no support

Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline4

12.3(2)TBD164

VIC-2CAMA NM-1V
NM-2V

Cisco 2600, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

TBD no support

VIC-2DID NM-1V
NM-2V

Cisco 2600XM, 
Cisco 2600 
(Classic)6, 
Cisco 3600, 
Cisco 3700

C542 no support (only Cisco 
Ecan)

TBD no support

N/A Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline7

TBD 12.3(2)XA

VIC-8FXO-M1 
(eos)

Cisco ICS 7750 C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH5

N/A 12.3(2)XA 

VIC-4FXS/DID Cisco 1751 and 
Cisco 1760

C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH
12.3(4)T 
12.3(4th) Mainline4

TBD 12.3(2)XA 

N/A Cisco ICS 7750 C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH 8

TBD 12.3(2)XA 

VIC-4FXO-M1 
(eos)

Cisco ICS 7750 C549 Enhanced G.168 Echo 
Cancellation 2
12.2(13)ZH5

N/A 12.3(2)XA

Table 1 Enhanced G.168 Echo Cancellation Support Matrix (continued)

Voice Module NM Platform DSP IOS G.168 Ecan Support
Impedance/THLB 
Support

Enhanced G.168 
Echo 
Cancellation 
Version 9.14 
Library Support1
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VIC2-2FXO
VIC2-4FXO9

NM-HD-1
V
NM-HD-2
V
NM-HD-2
VE

2600XM, 
Cisco 3600, 
Cisco 3700

C5510 Enhanced G.168 Echo 
Cancellation 3
12.3(4)XD
12.3(3rd)T4

12.2(15)ZJ3, 
12.3(4)T
complex32

complex4
complex5

12.3(4)XD

N/A Cisco 2430 C5510 Enhanced G.168 Echo 
Cancellation 3
12.3(4)XD
12.3(3rd)T4

12.2(15)ZJ3, 
12.3(4)T
complex32

complex4
complex5

12.3(4)XD

N/A Cisco 1751 and 
Cisco 1760

C549 12.2(15)ZL
12.3(4)T

12.3(2)TBD164 12.3(2)XA

N/A Cisco ICS 7750 C549 12.2(15)ZL 12.3(2)TBD164 12.3(2)XA

EM-4FXO NM-HDA Cisco 2600XM, 
Cisco 3600, 
Cisco 3700

C5421 Enhanced G.168 Echo 
Cancellation 2
12.2(15)ZJ
12.3(4)T 

No complex 
impedance support 
due to HW 
limitation

12.2(15)ZJ3
12.3(4)T

NM-HDA Cisco 2600 
(Classic)

C5421 12.3(4th) Mainline4 No complex 
impedance support 
due to HW 
limitation

12.3(4th) 
Mainline4

IAD2421-16FXS8F
XO
IAD2424-16FXS8F
XO

N/A IAD2420 C549 Enhanced G.168 Echo 
Cancellation 1.5
12.3(1)

No complex 
impedance support 
due to HW 
limitation

12.3(4th) 
Mainline4

1. Enhanced G.168 Echo Cancellation version 9.14 library offers significant improvement over the CNG (comfort noise generation) algorithm

2. Complex3 is for compliance, not for echo

3. Cisco 2600 Classic is not supported in 12.3T due to memory limitation (64MB)

4. Future IOS releases

5. Cisco ICS 7750 is not supported in any T train or mainline release

6. Cisco 2600 Classic is not supported in 12.3T due to memory limitation (64MB)

7. Future IOS releases

8. Cisco ICS 7750 is not supported in any T train or mainline release

9. VIC2-2FXO is the enhanced version of VIC-2FXO. It supports M1, M2, and M3 on a single card. It also supports CAMA trunk functionality for E911. 
It is strongly recommended that you migrate your customers from VIC-2FXO to VIC2-2FXO. 

Table 1 Enhanced G.168 Echo Cancellation Support Matrix (continued)

Voice Module NM Platform DSP IOS G.168 Ecan Support
Impedance/THLB 
Support

Enhanced G.168 
Echo 
Cancellation 
Version 9.14 
Library Support1
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Related Documentation 
The following documents and specifications contain related or similar information:

• Recognizing and Categorizing Symptoms of Voice Quality Problems—defines a vocabulary for 
discussing symptoms of voice quality problems. Sound files are included to aid in the process of 
identification of the symptom. Also included where possible are one or more common causes (not 
necessarily the only ones) for the symptom being defined 
(http://www.cisco.com/en/US/tech/tk652/tk698/technologies_white_paper09186a00801545e4.sht
ml).

Obtaining Documentation
Cisco provides several ways to obtain documentation, technical assistance, and other technical 
resources. These sections explain how to obtain technical information from Cisco Systems.

Cisco.com
You can access the most current Cisco documentation on the World Wide Web at this URL:

http://www.cisco.com/univercd/home/home.htm

You can access the Cisco website at this URL:

http://www.cisco.com

International Cisco websites can be accessed from this URL:

http://www.cisco.com/public/countries_languages.shtml

Documentation CD-ROM
Cisco documentation and additional literature are available in a Cisco Documentation CD-ROM 
package, which may have shipped with your product. The Documentation CD-ROM is updated regularly 
and may be more current than printed documentation. The CD-ROM package is available as a single unit 
or through an annual or quarterly subscription.

Registered Cisco.com users can order a single Documentation CD-ROM (product number 
DOC-CONDOCCD=) through the Cisco Ordering tool:

http://www.cisco.com/en/US/partner/ordering/ordering_place_order_ordering_tool_launch.html

All users can order annual or quarterly subscriptions through the online Subscription Store:

http://www.cisco.com/go/subscription

Click Subscriptions & Promotional Materials in the left navigation bar.

Ordering Documentation
You can find instructions for ordering documentation at this URL:

http://www.cisco.com/univercd/cc/td/doc/es_inpck/pdi.htm

http://www.cisco.com/univercd/home/home.htm
http://www.cisco.com
http://www.cisco.com/public/countries_languages.shtml
http://www.cisco.com/en/US/partner/ordering/ordering_place_order_ordering_tool_launch.html
http://www.cisco.com/go/subscription
http://www.cisco.com/univercd/cc/td/doc/es_inpck/pdi.htm
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You can order Cisco documentation in these ways:

• Registered Cisco.com users (Cisco direct customers) can order Cisco product documentation from 
the Networking Products MarketPlace:

http://www.cisco.com/en/US/partner/ordering/index.shtml

• Nonregistered Cisco.com users can order documentation through a local account representative by 
calling Cisco Systems Corporate Headquarters (California, USA) at 408 526-7208 or, elsewhere in 
North America, by calling 800 553-NETS (6387).

Documentation Feedback
You can submit e-mail comments about technical documentation to bug-doc@cisco.com.

You can submit comments by using the response card (if present) behind the front cover of your 
document or by writing to the following address:

Cisco Systems
Attn: Customer Document Ordering
170 West Tasman Drive
San Jose, CA 95134-9883

We appreciate your comments.

Obtaining Technical Assistance
For all customers, partners, resellers, and distributors who hold valid Cisco service contracts, the Cisco 
Technical Assistance Center (TAC) provides 24-hour-a-day, award-winning technical support services, 
online and over the phone. Cisco.com features the Cisco TAC website as an online starting point for 
technical assistance. If you do not hold a valid Cisco service contract, please contact your reseller.

Cisco TAC Website
The Cisco TAC website (http://www.cisco.com/tac) provides online documents and tools for 
troubleshooting and resolving technical issues with Cisco products and technologies. The Cisco TAC 
website is available 24 hours a day, 365 days a year.

Accessing all the tools on the Cisco TAC website requires a Cisco.com user ID and password. If you 
have a valid service contract but do not have a login ID or password, register at this URL: 

http://tools.cisco.com/RPF/register/register.do

Opening a TAC Case
Using the online TAC Case Open Tool (http://www.cisco.com/tac/caseopen) is the fastest way to open 
P3 and P4 cases. (P3 and P4 cases are those in which your network is minimally impaired or for which 
you require product information.) After you describe your situation, the TAC Case Open Tool 
automatically recommends resources for an immediate solution. If your issue is not resolved using the 
recommended resources, your case will be assigned to a Cisco TAC engineer.

http://www.cisco.com/univercd/cc/td/doc/es_inpck/pdi.htm
http://www.cisco.com/en/US/partner/ordering/index.shtml
http://www.cisco.com/tac
http://tools.cisco.com/RPF/register/register.do
http://www.cisco.com/tac/caseopen
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For P1 or P2 cases (P1 and P2 cases are those in which your production network is down or severely 
degraded) or if you do not have Internet access, contact Cisco TAC by telephone. Cisco TAC engineers 
are assigned immediately to P1 and P2 cases to help keep your business operations running smoothly.

To open a case by telephone, use one of the following numbers:

Asia-Pacific: +61 2 8446 7411 (Australia: 1 800 805 227) 
EMEA: +32 2 704 55 55 
USA: 1 800 553-2447

For a complete listing of Cisco TAC contacts, go to this URL:

http://www.cisco.com/warp/public/687/Directory/DirTAC.shtml

TAC Case Priority Definitions
To ensure that all cases are reported in a standard format, Cisco has established case priority definitions.

Priority 1 (P1)—Your network is “down” or there is a critical impact to your business operations. You 
and Cisco will commit all necessary resources around the clock to resolve the situation. 

Priority 2 (P2)—Operation of an existing network is severely degraded, or significant aspects of your 
business operation are negatively affected by inadequate performance of Cisco products. You and Cisco 
will commit full-time resources during normal business hours to resolve the situation.

Priority 3 (P3)—Operational performance of your network is impaired, but most business operations 
remain functional. You and Cisco will commit resources during normal business hours to restore service 
to satisfactory levels.

Priority 4 (P4)—You require information or assistance with Cisco product capabilities, installation, or 
configuration. There is little or no effect on your business operations.

Obtaining Additional Publications and Information
Information about Cisco products, technologies, and network solutions is available from various online 
and printed sources.

• The Cisco Product Catalog describes the networking products offered by Cisco Systems, as well as 
ordering and customer support services. Access the Cisco Product Catalog at this URL:

http://www.cisco.com/en/US/products/products_catalog_links_launch.html

• Cisco Press publishes a wide range of general networking, training and certification titles. Both new 
and experienced users will benefit from these publications. For current Cisco Press titles and other 
information, go to Cisco Press online at this URL:

http://www.ciscopress.com

• Packet magazine is the Cisco quarterly publication that provides the latest networking trends, 
technology breakthroughs, and Cisco products and solutions to help industry professionals get the 
most from their networking investment. Included are networking deployment and troubleshooting 
tips, configuration examples, customer case studies, tutorials and training, certification information, 
and links to numerous in-depth online resources. You can access Packet magazine at this URL:

http://www.cisco.com/packet

• iQ Magazine is the Cisco bimonthly publication that delivers the latest information about Internet 
business strategies for executives. You can access iQ Magazine at this URL:

http://www.cisco.com/warp/public/687/Directory/DirTAC.shtml
http://www.cisco.com/en/US/products/products_catalog_links_launch.html
http://www.ciscopress.com
http://www.cisco.com/packet
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http://www.cisco.com/go/iqmagazine

• Internet Protocol Journal is a quarterly journal published by Cisco Systems for engineering 
professionals involved in designing, developing, and operating public and private internets and 
intranets. You can access the Internet Protocol Journal at this URL:

http://www.cisco.com/en/US/about/ac123/ac147/about_cisco_the_internet_protocol_journal.html

• Training—Cisco offers world-class networking training. Current offerings in network training are 
listed at this URL:

http://www.cisco.com/en/US/learning/index.html

This document is to be used in conjunction with the documents listed in the “Related Documentation” section.
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