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Overview of Legacy and IP
Telephony Networks
Introduction
Understanding emerging Voice over IP (VoIP) technologies requires a
solid understanding of legacy telephony networks. Therefore, the Quick
Reference Sheets in this section review many of the terms and concepts
that surround legacy and packet telephony networks, and those technologies are then contrasted with IP Telephony technologies.

Legacy Telephony Networks
The Public Switched Telephone Network (PSTN) is at the heart of the
legacy telephony network. PSTN components include the following
items:
n Edge devices (for example, phones) are used by customers to

interface with the PSTN.

switches [for example, Private Branch Exchanges (PBXs) or key
systems] located locally.
n Trunks interconnect phone switches.

Companies that have their own phone switches can select between
PBXs or key systems. PBXs are typically more scalable than key
systems, supporting 20 to 20,000 phones. PBX users in the United
States typically dial a 9 to access an outside line. However, key systems
traditionally have buttons on a key phone that the user presses to access
a specific outside line. For example, you might have been in a store and
heard an intercom announcement such as, “Kevin, pick up line 2.” In
that example, Kevin would go to a “key phone” and press the line 2
button to access the call. Because of their scalability limitations, key
systems typically support a maximum of 30 to 40 users.
Call signaling makes it possible to place an end-to-end voice call.
Consider the following steps that are used to establish an end-to-end
voice call:
1. A phone goes off-hook and sends digits to the local phone switch.

n Local loops connect customer locations to a local central office

(CO) over a pair of wires called tip and ring.
n Phone switches allow one phone to connect to another phone by

dialing a phone number. The switch interprets the dialed digits and
interconnects the dialing phone’s local loop with the destination
phone’s local loop. The “phone company” has switches that are
located in COs. However, companies can have their own phone

2. The local phone switch examines the dialed digits, makes a

forwarding decision, and sends signaling information to the
destination phone switch.
3. The destination phone switch signals the destination phone by

sending ringing voltage to the phone.
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When a user dials digits on an analog phone, those digits can be
communicated to the local phone switch using either dual-tone
multifrequency (DTMF) or pulse dialing. DTMF sends tones that
are composed of two frequencies, whereas pulse dialing rapidly
opens and closes the local loop to indicate dialed digits.
With digital circuits, such as T1s or E1s, multiple conversations can be
carried in different channels on the same circuit. Each of these digital
channels needs bits for signaling information. Common approaches
include the following:
n Common channel signaling (CCS)—Has a channel that is dedi-

cated to signaling. For example, in an Integrated Services Digital
Network (ISDN) circuit, the D channel is dedicated to signaling.

n E&M wink start—Seizes a line when the polarity on an E&M

circuit is reversed and then quickly flipped back to the original
polarity
Digital circuits can use multiplexing techniques to place multiple
conversations on a single link. For example, time-division multiplexing
can give a “time slice” to a specific channel, and by “taking turns,” you
can send 24 conversations across a single link.
Frequency-division multiplexing (FDM) allows multiple conversations
to be sent at the same time using different frequencies. For example,
dense-wavelength-division multiplexing (DWDM) simultaneously
sends multiple light frequencies over a fiber-optic cable.

n Channel associated signaling (CAS)—Can use framing bits from

a few of the channels to serve as signaling bits. Sometimes this is
called robbed-bit signaling.
Analog circuits have their own signaling mechanisms, such as the
following:
n Loop-start—Causes a phone switch to seize a line when loop

current is flowing
n Ground-start—Causes a phone switch to seize a line after the

Packet Telephony Networks
Many companies that have PBXs at more than one site and interconnect
those PBXs through the PSTN are migrating to a packet telephony
network. A packet telephony network allows companies to preserve
their existing investment in PBX technologies, while eliminating the
recurring expense for the trunks that interconnect their PBXs. Specifically,
companies can connect their PBXs to routers that are already interconnected
through a wide-area network (WAN). The PBXs can then send their
signaling information and voice calls over the WAN.

phone temporarily grounds the “ring” side of the circuit
Call-forwarding intelligence can reside in the routers. For increased
scalability, however, you can configure routers to point to external call
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agents. Such a topology lays the foundation for other packet telephony
technologies, including the following:
n IP phones have an Ethernet connection that sends and receives

voice calls.
n Call agents replace much of the functionality that was provided

previously by the PBX. For example, a call agent can be configured with route plans that dictate how voice calls are forwarded.
The Cisco CallManager (CCM) is an example of a call agent.
n Gateways can forward calls between different types of networks.

For example, a call from an IP phone could be forwarded through
a gateway to the PSTN.
n Gatekeepers keep track of WAN resources and, based on available

resources, either permit or deny a request to place a call across the
WAN. In addition, the gatekeeper can provide E.164 number resolution.
n Multipoint Control Units (MCUs) contain digital signal processor

(DSP) resources and can support the mixing of audio streams in a
conference call.
Simply placing a voice call across a WAN does not guarantee the
quality of the voice call. Data applications, for example, tend to be
more forgiving of dropped or delayed packets than applications such as
voice or video. Therefore, the quality of service (QoS) technology is an
integral part of Cisco VoIP designs, and an entire section in these Quick
Reference Sheets focuses on QoS technologies.

IP Telephony Networks
Although packet telephony is more of a generic term, covering Voice
over IP (VoIP), Voice over Frame Relay (VoFR), and Voice over ATM
(VoATM), the primary focus of these Quick Reference Sheets is creating IP-based telephony networks using VoIP technologies. Therefore,
with the foundational understanding of legacy and packet telephony
networks, you delve into some of the components of IP Telephony.
First, you consider the analog interfaces that are available on voiceenabled routers.
A Foreign Exchange Station (FXS) port allows you to connect plain old
telephone service (POTS) devices to a router. For example, you could
attach a traditional analog phone, speakerphone, or fax machine to an
FXS port on a Cisco router, and that FXS port can act like a PBX or
CO switch. For example, an FXS port can provide a dial tone when the
phone goes off-hook, interpret dialed digits, and send ringing voltage to
the attached phone.
A Foreign Exchange Office (FXO) port connects to a phone switch (for
example, a PBX or the PSTN). The FXO port can connect into the
traditional tip-and-ring connection that comes from a CO or a PBX.
Because it is acting as a phone, an FXO port can go off-hook, dial
digits, and answer incoming calls.
E&M is the third type of analog port, and this port interconnects PBXs.
The “E” and “M” originally referred to “earth” and “magneto,”
although you can think of “ear” and “mouth” to better visualize the
receive and transmit functions of E&M.
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Analog Port Types

PSTN

Analog
Phone

FXS

FXO

V
E&M

IP WAN

PBX

Two primary digital ports (that is, interfaces) are the T1 and E1 interfaces. A T1 interface can send 24 voice channels using channel associated signaling (CAS). Alternatively, with a common channel signaling
(CCS) approach, where one channel is dedicated to signaling information, a T1 interface can carry 23 voice channels.
E1 interfaces have 32 channels. However, regardless of the CAS or
CCS approach, only 30 of the channels are typically available for voice
paths.
Integrated Services Digital Network (ISDN) interfaces are great examples of digital CCS, where one channel is dedicated to signaling. The
two flavors of ISDN are Basic Rate Interface (BRI) and Primary Rate
Interface (PRI). A BRI has two 64-kbps “B” channels (that is, bearer
channels) that carry the voice, video, or data. For signaling, a BRI has a
single “D” channel. PRIs, however, are based on T1 or E1 interfaces,
where either 23 or 30 voice channels are available.

These digital and analog interfaces just described provide connectivity
from Cisco routers to legacy telephony networks. However, we now
consider how IP phones connect into this topology.
Some of the Cisco IP Phones are actually three-port switches. One port
connects to the IP phone itself and a second port connects to a Catalyst
switch in the wiring closet; the third port can connect to a PC. By
having a port that connects to a PC, the IP phone allows the PC to
daisy-chain through the phone, back to the switch, thus eliminating the
need for extra wiring for the IP phone. As the IP phone forwards its
voice packets and the PC’s data packets back to the wiring closet
switch, the IP phone can place the different packets in different virtual
LANs (VLANs) and give the packets different priority markings. As
discussed in the section “Ensuring Voice Quality,” later in these Quick
Reference Sheets, those priority markings that are assigned by the IP
phone can be referenced by switches or routers, which can make
forwarding or dropping decisions based on those markings. Cisco IP
Phones register with a Cisco CallManager (CCM), which acts as a call
agent.
When you have multiple sites (for example, a main headquarters site
and remote office sites) that contain IP phones, those CCMs can be
located centrally at the headquarters location. In such an example, IP
phones at the remote sites register with CCMs over the WAN link. If
the WAN were to go down, these phones would lose connectivity with
the headquarters site. To preserve basic service for those IP phones at
remote sites, you can configure Survivable Remote Site Telephony
(SRST), which allows a Cisco router to stand in for a CCM and
perform basic functions in the event of a WAN outage.
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With a centralized deployment model, a
CCM cluster is located at a central location, and
remote IP Phones register with the centralized
CCM cluster over the IP WAN. SRST allows IP Phones
at remote sites to function in the event of a WAN failure.

With a distributed deployment model,
CCM clusters are located at each location
and communicate over the IP WAN.

CCM Cluster
Remote Office B

Although a centralized deployment can minimize the number of CCMs
that must be purchased, the IP WAN is a potential point of failure.
Therefore, you can choose a distributed deployment model, in which
you have CCMs at all remote offices. In this example, if a WAN link
were to fail, the remote offices’ IP phones maintain connectivity to
local CCMs, and they still can route calls out to the PSTN by leveraging, for example, FXO ports on a Cisco router acting as a gateway.
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The Mechanics of Analog and
Digital Voice Circuits
Introduction
In the previous section, you were introduced to analog and digital voice
connections. Now, the material gets more specific and examines the
electrical characteristics of these connections.

Analog Voice
First, consider the following types of signaling that are present in the
analog telephony world:
n Supervisory signaling—Indicates the on-hook or off-hook condi-

tion of a phone, based on whether loop current is flowing. In addition, “ringing” is considered to be supervisory signaling. Ringing
voltage is sent from the phone switch to alert the destination
phone that it is receiving an incoming call. In the United States,
the pattern of ringing (that is, ring cadence) is 2 seconds on and 4
seconds off.
n Address signaling—Allows a phone to dial (that is, specify the

address of) a destination phone. The older method of dialing digits
was with a rotary phone, which used “pulse” dialing. Pulse dialing
rapidly opens and closes the tip-and-ring circuit. This series of
open and closed circuit conditions within specific timing parameters indicates a dialed digit.

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

A more efficient approach to address signaling is dual-tone multifrequency (DTMF) dialing. With DTMF, two simultaneous
frequencies are generated, and this combination of frequencies is
interpreted by the phone switch as a dialed digit. For example, the
combination of a 697-Hz tone and a 1209-Hz tone indicates a
dialed digit of 1.
n Information signaling—Like DTMF, information signaling uses

combinations of frequencies to, in this case, indicate the status of
a call (that is, to provide information to the caller). For example, a
busy signal is a combination of a 480-Hz tone and a 620-Hz tone,
with on/off times of 0.5/0.5 seconds.
In the previous section, you were introduced to the concept of a trunk,
which interconnected phone switches. Also, you saw how loop-start
signaling seized a line when loop current began to flow, and how
ground-start signaling seized a line by giving its tip lead a ground
potential. However, consider E&M signaling more closely. Five types
of E&M signaling exist (that is, Type I through Type V), and these
types define such things as the number of wires used for an E&M
circuit and the polarity of those wires. Note that the voice path does not
use the E&M leads. The E&M leads are intended only for signaling.
With E&M, three types of signaling can occur over the E&M leads:
wink start, immediate start, and delay start. However, the most common
type of E&M signaling is wink start. With wink-start signaling, the
calling equipment (for example, the router) seizes a line by applying
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voltage to its M lead. The called equipment (for example, the PBX)
“winks” by toggling its M lead on and off. When the calling equipment
sees this wink, it sends its dialed digits across the voice path.
Voice ports on voice-enabled Cisco routers also can help you with the
problem of echo. An impedance mismatch in a 2-wire–to–4-wire hybrid
circuit (such as those found in analog phones) is the typical cause of
echo. Fortunately, Cisco routers can listen to the analog voice waves
that are being sent out of, for example, an FXS port. If that same waveform comes back into the router (within 8 ms by default on pre-IOS
12.3 platforms), the router interprets the waveform as echo and cancels
the echo by internally playing an inverse waveform (that is, a waveform
that is 180 degrees out of phase with the echo waveform).
Echo Cancellation

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

Digitizing the Spoken Voice
To transmit the spoken voice across a digital network or an IP network,
you need to digitize the analog speech patterns. In this section, you see
how this conversion happens. Also, you might want to conserve WAN
bandwidth by compressing those now-digitized voice packets.
To digitize an analog waveform, you periodically take samples of the
analog waveform’s amplitude. However, the question is this: How many
samples should you take? The Nyquist Theorem, developed by Harry
Nyquist in 1933, says that you need to sample at a rate that is at least
twice as high as the highest frequency that is being sampled. For voice,
in theory, the highest sampled frequency is 4 kHz. Therefore, the
Nyquist Theorem indicates that you need to take 8000 samples per
second, which means that you need to take a sample every 125
microseconds.
Sampling

V

FXS

Analog
Phone

V

The Cisco router can, by default, store 8 ms of transmitted waveforms.
If a received waveform matches the stored waveform, the router can
internally play an inverse waveform (that is, 180 degrees out of phase) to
cancel this echo waveform.

FXS

Analog
Phone
According to the Nyquist Theorem, you should sample a waveform at least twice as many
times as the highest frequency. For example, if the highest frequency you wanted to sample
were 4000 Hz, sample at twice that rate. Specifically, you should sample
4000 * 2 = 8000 samples per second.
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These samples, consisting of a single frequency, have amplitudes equaling
the amplitudes of the sampled signaling at the instant of the sampling.
This is called Pulse Amplitude Modulation (PAM). The next step is to
take these PAM amplitudes and assign them a number, which can be
sent in binary form. The process of assigning a number to an amplitude
is called quantization.
Linear Quantization

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

likely to occur than large signals. Also, large signals tend to mask the
noise.
After the analog waveforms have been digitized, you might want to
save WAN bandwidth by compressing those digitized waveforms. The
processes of encoding and decoding these waveforms are defined by
codecs. The various forms of waveform compression are as follows:
n Pulse Code Modulation (PCM)—Does not actually compress the

analog waveform. Rather, PCM samples and performs quantization (as previously described) with no compression. The G.711
codec uses PCM.

3

n Adaptive Differentiated PCM (ADPCM)—Uses a “difference

2

signal.” Instead of encoding an entire sample, ADPCM can send
the difference in the current sample versus the previous sample.
G.726 is an example of an ADPCM codec.

1

After Pulse Amplitude Modulation (PAM) samples, you need
to quantize these samples (that is, assign numbers to represent their amplitudes).
However, if you use a linear scale (as shown), the quantization error (as indicated
by the deltas) causes distortion in the voice. This distortion is especially noticeable
at lower volumes. Therefore, instead of a linear scale, use a logarithmic scale,
which has more measurement intervals at lower volumes.

To assign a number to these samples, you establish logarithmic thresholds, and you assign numbers to samples whose amplitudes fall
between specific thresholds. Because this process is really “rounding
off” to a threshold value, you are introducing quantization error,
which adds noise (that is, hissing) to the signal. This hissing is reduced,
because a logarithmic scale is being used, and small signals are more

n Conjugate Structure Algebraic Code Excited Linear

Predication (CS-ACELP)—Dynamically builds a codebook
based on the speech patterns. It then uses a “look-ahead buffer” to
see whether the next sample matches a pattern that is already in
the codebook. If it does, the codebook location can be sent,
instead of the actual sample. G.729 is an example of a CS-ACELP
codec.
n Low-Delay Conjugate Excited Linear Predication

(LDCELP)—Is similar to CS-ACELP. However, LDCELP uses a
smaller codebook, resulting in less delay but requiring more bandwidth. G.728 is an example of an LDCELP codec.
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Working with Cisco products, you normally use G.711 (which requires
64 kbps of bandwidth for voice payload) in the LAN environment and
G.729 (which requires 8 kbps of bandwidth for voice payload) over the
WAN. G.729 has a couple of variants. Although all forms of G.729
require 8 kbps of bandwidth, G.729a uses a less-complex algorithm,
which saves processor resources with slight quality degradation.
G.729b enables voice activity detection (VAD), which suppresses the
sending of silence if a party in the conversation does not speak for, by
default, 250 ms.
Codecs vary in their bandwidth requirements, and in their quality. To
measure quality, you can use a mean opinion score (MOS), which uses
a “trained ear” to judge the quality of voice after passing through the
codec that is being tested. MOS values range from 1, for unsatisfactory
quality, to 5, for no noticeable quality degradation. For toll-quality
voice, however, an MOS value in the range of 4 is appropriate. The
G.711 codec has an MOS value of 4.1. Accompanied by a significant
bandwidth savings, G.729 has an MOS of 3.92, while the lessprocessor-intensive G.729a has an MOS of 3.9.
The challenge with MOS is that at its essence, it is based on opinion.
Another approach to quality measurement is Perceptual Speech Quality
Measurement (PSQM), which digitally measures the difference in the
original signal and the signal after it passes through a codec.

Digital Signaling
Previously, you reviewed how analog signaling (for example, loopstart) functions. Next, consider digital signaling. On a T1 circuit, each

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

frame (including the framing bit) is 193 bits. Typically, you use a
framing approach called extended super frame (ESF), which groups 24
of those standard 193-bit frames together. Because the frames are
grouped, you do not need all 24 framing bits. Therefore, you can use
robbed-bit signaling (that is, channel associated signaling [CAS]) to
send signaling information in the framing bit of every sixth frame.
Specifically, you can use the framing bit from frames 6, 12, 18, and 24
in an ESF for signaling purposes.
Alternatively, T1s can use common channel signaling (CCS), which
supports 23 voice channels and one channel, the 24th channel, that is
dedicated to carrying only signaling information.
An E1 circuit has 32 channels, and you can use up to 30 of them for
voice. The first channel (that is, time slot 0) is used for framing information; the 17th channel (that is, time slot 16 or TS 16) carries signaling information.
In a CAS implementation, one frame might use channel 17 to carry
signaling information for channels 2 and 18, while the next frame uses
channel 17 to carry signaling information for channels 3 and 19.
With a CCS E1 implementation, the 17th channel (that is, TS 16) is
dedicated to carrying signaling information for all other channels that
use a protocol called Q.931. ISDN is an example of a CCS technology,
which reserves its D channel to carry signaling information.
Whereas the Q.931 signaling protocol is often used from a customer
site to a CO, the Q-Signaling (QSIG) protocol is a standards-based
approach to signaling between different PBX vendors.
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You can also encounter the Digital Private Network Signaling System
(DPNSS) protocol, which also can interconnect PBXs. DPNSS was
developed by European PBX vendors in the early 1980s, which was
before ISDN standards were established. Numerous Cisco IOS gateways can function in a DPNSS network, because DPNSS can run over
a standard ISDN interface.
COs typically use Signaling System 7 (SS7) as the signaling protocol
between CO switches. For VoIP networks, you can use Signaling
Transport (SIGTRAN) to send SS7 messages over an IP network.
Specifically, SIGTRAN transports these SS7 messages using a Layer 4
protocol called Stream Control Transport Protocol (SCTP).

The Challenge of Compressing Nonvoice Streams
Although codecs such as G.729 do a great job of compressing voice,
they are not designed to compress nonvoice signals such as fax or
modem tones. Fax and modem information can be transmitted using
G.711 without a problem, but the G.729 codec corrupts these signals to
a point where they cannot be interpreted.

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

Fax Transmission with G.729
?

FXS

Fax

V

G.729

V

FXS

Fax

Because the G.729 CODEC is designed to compress human speech, fax or
modem signals cannot be successfully sent across a network that compresses
the fax or modem tones using the G.729 Codec.

Cisco has a proprietary solution for this situation, called Cisco Fax Relay.
With Cisco Fax Relay, the router’s DSPs hear the fax tones and do not
compress those tones using G.729. A similar industry-standard approach
is T.38 Fax Relay. As an additional benefit, Cisco routers can send
faxes to PCs and servers that are configured with T.38 fax software.
Another approach to sending faxes across the WAN is T.37 Fax Store
and Forward. With the T.37 approach, a Cisco router (called an on-ramp)
can convert fax data into a TIFF attachment in an e-mail message and
transmit that attachment to a store-and-forward e-mail server. This
server can then deliver the fax e-mail messages to an off-ramp Cisco
router, which initiates a session with the destination fax machine.
To transmit modem tones across a WAN when you have specified the
G.729 codec for voice traffic, you can use modem relay, which sends
modem information through the Simple Packet Relay Transport
(SPRT). The last-hop router then remodulates the data and sends it to
the destination router.
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Configuring Router Voice Ports
Introduction
Now that you understand, in theory, the operation of various voice
interfaces, in this section, you review the configuration of these interfaces
on Cisco voice-enabled routers. First, consider the following categories
of voice calls:

Analog Voice Ports
A phone connects to an FXS port, just as a phone would connect to a
PBX or the PSTN. Therefore, you can configure parameters such as
signal type (that is, loop-start or ground-start), ring pattern, impedance
(to match the impedance of the connecting device), and call progress
tones (for example, what a busy signal sounds like). Consider the
following FXS configuration example.
FXS Port Configuration

n Local calls—Occur when both the calling and called phones are

attached to the same router.
FXS

n On-net calls—Span more than one router. Specifically, the calling

V

1/1/1

phone is attached to one router, and the called phone attaches to a
different router. In this case, routers are part of the same network.
n Off-net calls—Originate on a router but terminate on the PSTN.

Analog
Phone
An FXS port acts like a phone switch. Specifically, it can provide such features
as dial tone and ringing voltage, and it has the ability to recognize dialed digits.

n Private Line Automatic Ringdown (PLAR) calls—Occur when

a caller picks up a phone and the phone automatically dials a
preconfigured number.
n PBX-to-PBX calls—Are on-net calls, where the source and desti-

nation are PBXs.

Router(config)#voice-port 1/1/1
Router(config-voiceport)#signal loopstart
Router(config-voiceport)#impedance 600r
Router(config-voiceport)#ring cadence pattern02
Router(config-voiceport)#output attenuation -2

n CallManager-to-CallManager calls—Occur when IP phones

register with Cisco CallManagers (CCMs) and one CCM forwards
a call to another CCM.
n On-net to off-net calls—Originally intend to be on-net calls.

However, because of conditions such as WAN oversubscription or
a WAN outage, the call is diverted off-net (for example, to the
PSTN).

Router(config-voiceport)#input gain 3
Router(config-voiceport)#echo-cancel coverage 32

In this example, voice port 1/1/1 is an FXS port, and you are specifying
that it should use loop-start signaling, as opposed to ground-start. Also,
the impedance is set to 600 ohms resistive (that is, no capacitive
component). The ringing pattern is set to the predefined pattern02,
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which specifies a cadence of 1 second on and 4 seconds off. Because
you want the volume of VoIP calls to be approximately the same as the
volume of the calls in a PBX environment (to make the VoIP network
as transparent to the users as possible), you can make gain and attenuation adjustments. In this example, you are attenuating the volume of
calls that are being sent out of the port to the attached phone by 2 decibels (dB), with the output attenuation command. The input gain
command, in this example, is increasing the volume of the waveforms
that are coming from the phone into the router by 3 dB.
To combat echo, instead of the default 8-ms period of time during
which a router can recognize an incoming waveform as echo, you are
increasing the coverage to 32 ms, with the echo-cancel coverage
command. Finally, to maximize echo cancellation, you enabled the
nonlinear feature, which suppresses all incoming waveforms from the
phone until the volume is loud enough to be interpreted as speech. Note
that this nonlinear feature can lead to “clipping” when the other party
begins to speak. You can enter the nonlinear feature with the nonlinear voice-port configuration-mode command.
An FXO port connects to a phone switch (for example, a CO switch or
PBX). Therefore, an FXO port acts like a phone. Typical parameters
that you can configure on an FXO port are signaling (which must
match the signaling type of the phone switch to which you are connecting), dial type (that is, DTMF or pulse), and the number of incoming
rings before the FXO port answers (that is, goes off-hook). Consider
the following FXO configuration example.

FXO Port Configuration

FXO
V

Station
Side

Line
Side

PSTN

1/2/1

PBX

An FXO port acts like a phone. For example, an FXO port
has the capability to dial digits and answer incoming calls.

Router(config)#voice-port 1/2/1
Router(config-voiceport)#signal loopstart
Router(config-voiceport)#ring number 3
Router(config-voiceport)#dial-type pulse

In this example, voice port 1/2/1 is an FXO port, and you are specifying that it should use loop-start signaling. Also, because the FXO port
acts like a phone, you can specify how many rings it receives before it
answers. In this case, the FXO port will answer after 3 rings. Also,
when the FXO port dials, it is configured to use pulse dialing.
An E&M port typically connects to an existing E&M port on a PBX.
Typical parameters that you can configure on an E&M port include the
signaling type (for example, wink start), the E&M type (that is, 1, 2, 3,
or 5), and the number of wires that are used for the voice path (that is,
the “operation”). Consider the following E&M configuration:
Router(config)#voice-port 2/1/1
Router(config-voiceport)#type 1
Router(config-voiceport)#operation 4-wire
Router(config-voiceport)#signal wink-start
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E&M Port Configuration

E&M
2/1/1

Digital Voice Ports
E&M

V

V

PBX

PBX

Some PBXs interconnect using trunks that use E&M ports. You can replace a trunk
connection with an IP WAN connection by connecting the PBXs’ E&M ports into E&M
ports on Cisco voice-enabled routers.

In this example, an E&M port is configured as E&M Type I. In addition,
the voice path, which does not use the E&M leads, uses four wires,
meaning that both the tip and ring leads have their own return path.
The default signaling method of wink start is specified also.
Numerous timing options can be configured for Cisco voice ports. For
example, consider the following configuration:

Digital voice interfaces, such as T1, E1, and ISDN interfaces, have
unique interface-specific configuration parameters. These parameters
can include the type of line coding (for example, B8ZS) and framing
(for example, ESF) that is used on the digital circuit. Consider the
following T1 configuration example, noting that a T1 is configured
from controller-configuration mode, as opposed to interface- or voiceport configuration mode.
T1 Controller Configuration

T1
V

2/0

PSTN

A T1 connection on the Cisco router is a “controller” connection
as opposed to a “port.” Configure such parameters as “clocking,”
“line coding,” and “framing” in T1 controller configuration mode.

Router(config)#voice-port 1/1/1
Router(config-voiceport)#timeouts interdigit 20
Router(config-voiceport)#timeouts initial 20

Router(config)#controller 2/0
Router(config-controller)#clock source line

Router(config-voiceport)#timeouts call-disconnect 20

In this example, voice port 1/1/1 is an FXS port. The interdigit parameter
determines the maximum number of seconds allowed between dialed
digits. The initial parameter specifies how long the caller can receive a
dial tone before he dials the first digit. Finally, the call-disconnect
parameter indicates how long this port remains in an off-hook condition
if the other party disconnects first. All units of measure in this example
are seconds.

Router(config-controller)#framing esf
Router(config-controller)#linecode b8zs

In this example, T1 controller 2/0 gets its clocking from the network,
as indicated by the clock source line command. In addition, the T1 is
configured for extended superframing (ESF) and B8ZS line coding.
Sometimes, PBXs use proprietary signaling approaches that a
Cisco router cannot interpret. In such a situation, you can configure
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transparent common channel signaling (T-CCS). With T-CCS, the
router allows PBX signaling to flow through the router with no codec
manipulation. In controller-configuration mode, you can specify that a
T1 is carrying signaling, in the 24th channel, from an external source
with the following command:
Router(config-controller)#ds0-group 1 timeslots 24 type
ext-sig

In the next section, you learn about the concept of a dial peer, which
tells a Cisco router how to send voice packets that are destined for a
specific phone number. However, for the sake of completion, a dialpeer configuration-mode command is introduced that is required for the
T-CCS configuration. In dial-peer configuration mode, you need to tell
the router to transmit the specified signaling channel with no manipulation (for example, from a codec) with the following command:
Router(config-dial-peer)#codec clear-channel

For verification and troubleshooting purposes, consider the following
commands:
n show voice port—Displays detailed settings for the voice ports
n show voice port summary—Displays a concise view of the

installed voice ports

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

n show controller {T1 | E1}—Displays the operating parameters for

T1 and E1 controllers
n show isdn status—Displays Layer 1, 2, and 3 information for an

ISDN interface
Various test commands are also available for troubleshooting purposes.
For example, you can force a voice port to send ringing voltage with
the following command:
Router#test voice port 1/1 relay ring on

You also can play a tone out to an attached phone with the following
command:
Router#test voice port 1/1 inject-tone local 500hz

Note that other frequencies can be specified. You can even cause a
gateway to dial a number with the csim start number command. For
example, you could enter the csim start 5551212 command to cause
the router to place a call to a destination phone number of 555-1212.
This command is “hidden,” meaning that it does not appear in the
IOS’s context-sensitive help. Cisco also warns that this command occasionally can cause a router to crash. Therefore, use this command with
caution.

n show voice dsp—Displays the codecs that are currently being

supported by the router’s digital signal processors (DSPs)
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Configuring Router Dial Peers

Dial Peers and Call Legs

Introduction
At this point in the Quick Reference Sheets, you have seen how to
configure voice ports on Cisco voice-enabled routers. However, you
have not yet trained the routers to reach specific destinations. That is
the focus of this section. Specifically, you are going to create dial peers
that inform the routers how to reach specific phone numbers. Consider
the following topology.
Routers R1 and R2 each have a plain old telephone service (POTS) dial
peer that points to their locally attached phone and a VoIP dial peer that
points to the IP address of the remote router.
Therefore, when extension 1111 dials extension 2222, router R1
searches for a dial peer that matches a destination pattern of 2222. In
this case, R1 has a VoIP dial peer that points to R2’s IP address of
10.1.1.2. R1 then forwards the call to R2. Then, R2 receives the incoming call that is destined for extension 2222. R2 searches for a dial peer
that matches a destination of 2222, and it finds a POTS dial peer that
specifies FXS port 1/1/1. The FXS port then sends ringing voltage out
port 1/1/1. Extension 2222 goes off-hook, and the end-to-end call is
complete.

POTS Dial Peer

POTS Dial Peer

x1111 => 1/1/1

x2222 => 1/1/1

VoIP Dial Peer

VoIP Dial Peer

x2222 => 10.1.1.2

x1111 => 10.1.1.1

10.1.1.1

x1111

FXS
1/1/1

Call Leg 1

V
R1

Call Leg 2

10.1.1.2

Call Leg 3

V
R2

FXS
1/1/1

x2222

Call Leg 4

Notice that you have a total of four dial peers that allow a call in the
opposite direction. Also, notice that four stages of the call (that is, “call
legs”) are defined, two call legs from the perspective of each router, as
follows:
n Call Leg #1—The call comes in to R1 on FXS port 1/1/1.
n Call Leg #2—The call is sent from R1 to IP address 10.1.1.2.
n Call Leg #3—R2 receives an incoming call that is destined for

extension 2222.
n Call Leg #4—R2 forwards the call out FXS port 1/1/1.
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POTS Dial Peers
When configuring a POTS dial peer, specify the following two parameters:
n The destination-pattern (that is, the phone number)
n The physical port address

is merely a locally significant tag. However, to make the configuration
more intuitive to interpret, you might want to adopt a practice of using
the extension number as the dial-peer tag. The phone’s extension
number of 1111 is specified with the destination-pattern 1111
command. The phone’s physical location is specified with the port
1/1/1 command.

Consider the following POTS dial-peer configuration.

VoIP Dial Peers

POTS Dial Peer

When configuring a VoIP dial peer, you specify a remote phone number
with the same destination-pattern command that was used in a POTS
dial peer. However, instead of identifying a local port, a VoIP dial peer
specifies the voice packets’ destination IP address. Consider the following VoIP dial-peer configuration:

POTS Dial Peer
x1111 => 1/1/1

x1111

FXS
1/1/1

V
R1

VoIP Dial Peer

A POTS dial peer associates a phone number
with a physical port. In this instance, a phone
number of 1111 is associated with FXS port 1/1/1.

VoIP Dial Peer
x2222 => 10.1.1.2
10.1.1.1

R1(config)#dial-peer voice 1111 pots

V
R1

R1(config-dial-peer)#destination-pattern 1111

10.1.1.2

V
R2

FXS
1/1/1

x2222

R1(config-dial-peer)#port 1/1/1

In this example, an analog phone is attached to FXS port 1/1/1. You
entered dial-peer configuration mode for a POTS dial peer with the
dial-peer voice 1111 pots command. Notice that the 1111 in the dialpeer command does not need to match the phone number. The number

A VoIP dial peer associates a phone number with
an IP address. In this instance, a phone number of
2222 is associated with an IP address of 10.1.1.2.

R1(config)#dial-peer voice 2222 voip
R1(config-dial-peer)#destination-pattern 2222
R1(config-dial-peer)#session target ipv4:10.1.1.2
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In this example, router R1 is sending voice packets that are destined for
extension 2222 across the IP WAN to IP address 10.1.1.2, as specified
with the session target command. Note that you must prepend ipv4: to
the IP address.
At this point, you understand how to establish a dial plan for two
phones that are separated by an IP WAN. However, what if you had
1000 extensions on the other side of the WAN? You certainly would not
want to create 1000 dial peers. Fortunately, the Cisco IOS allows you
to use wildcards to specify a range of addresses. A few of the more
frequently used wildcards are as follows:
n T—A T represents a dial string of any length. For example, you

could specify a destination pattern of 9T to match any number that
begins with a 9, and then you could point any calls matching that
pattern out to the PSTN. Because the T can be any number of
digits, the router forwards the call, by default, after no digits have
been dialed for 10 seconds (by default) or after the caller presses
the # key.
n .—A period indicates any single digit. For example, you could

specify extension numbers in the range 7000–7999 with the 7...
destination pattern.
n []—Brackets can specify a range of numbers. For example, a

123[4-6] destination pattern identifies a four-digit number of 1234,
1235, or 1236.

Destination Patterns

destination-pattern 9T

PSTN

V

destination-pattern 7…

IP WAN
V

PBX
x7000 - 7999

At this point, you have learned about using the destination-pattern
and port commands to match dial peers.
However, a couple of additional options exist for matching inbound dial
peers, incoming called-number and answer-address. To illustrate,
consider that all calls destined for a call center are sent out the same
trunk, but when the calls reach the call center, they might need to go to
different locations (for example, to different customer service agents).
You can configure this type of behavior with the incoming callednumber command.
You can use the answer-address command instead of the destinationpattern command. For example, if you operate a call center that
supports international customers, you can use the answer-address
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number command to match a calling number, using caller ID information, to direct the call to an appropriate customer service agent.
You can have a configuration in which multiple destination patterns
match a dialed number. The logical question is “Which destination
pattern do you use?” The “most specific” destination pattern is used
when multiple destination patterns match a called number. Consider the
following configuration:
Router(config)#dial-peer voice 1 voip
Router(config-dial-peer)#destination-pattern 2468
Router(config-dial-peer)#session target ipv4:192.168.1.1

CCVP CVOICE Quick Reference Sheets by Kevin Wallace

peer that points across the IP WAN and a POTS dial peer that points to
a physical port attached to a PBX or the PSTN. You then can indicate
that you prefer to use the VoIP dial peer by assigning “preference”
values to the dial peers with the preference number command.
For example, in dial-peer configuration mode for the VoIP dial peer,
you could enter the preference 0 command. Similarly, you could use
the preference 1 command for the POTS dial peer. Because lower preference values are preferred, the VoIP dial peer is used, if it is available.
If the VoIP dial peer is not available, the call would fail over to the
POTS dial peer. Note that the valid range of preference values is 0–10.

Router(config-dial-peer)#dial-peer voice 2 voip
Router(config-dial-peer)#destination-pattern 2...
Router(config-dial-peer)#session target ipv4:192.168.2.2
Router(config)#dial-peer voice 3 voip
Router(config-dial-peer)#destination-pattern 2T
Router(config-dial-peer)#session target ipv4:192.168.3.3

In this configuration, a dialed number of 2468 is matched by all three
dial peers. However, dial peer 1 is the most specific dial peer, matching
the pattern exactly without the use of wildcards used to forward the
call.
You might want to have multiple dial peers that match specific
numbers, for redundancy reasons. For example, you might want to send
calls that are destined for extension 4444 across the IP WAN. However,
if the WAN is not available, you want to place the call through the
PSTN. To accomplish this, you can have two dial peers: a VoIP dial

Digit Forwarding
When the router is connected to a PBX or the PSTN, you need to
understand how the router forwards digits. By default, digits that are
matched explicitly by the destination-pattern command in a POTS
dial peer are not forwarded. For example, consider a destination pattern
of 123...., which matches the dialed digits 1235555. By default, the
router forwards the digits 5555 only to the attached equipment, because
explicitly matched digits are stripped. To prevent this behavior, you can
use the no digit-strip command in dial-peer configuration mode.
In addition to forwarding dialed digits, you also might want to forward
additional digits. For example, you might want to prepend a dialed
number with a 9 before forwarding the number to a PBX. You can
prepend digits to a dialed number with the prefix number command.
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As opposed to using the no digit-strip command, you can specify
exactly how many digits to forward by using the forward-digits number
command. For example, you could use the dial-peer configuration-mode
command forward-digits 5 to forward the five right-most digits in the
dialed number.
You can even instruct the router to replace one dialed number with
another. For example, you might have a telecommuter whose home
phone number is 555-1234. However, all employees at the headquarters
location have four-digit extension numbers. To make the telecommuter’s
phone appear as a local extension, you can use the num-exp
dialed_number translated_number command. In this example, if you
wanted to represent the telecommuter’s home phone with a four-digit
extension number of 2020, you could enter the num-exp 2020 5551234
command in global-configuration mode.

Connection Types
Recall the operation of a PLAR connection, as described in a previous
section, “Introduction.” A PLAR connection automatically dials a
predetermined number when a phone goes off-hook. In the following
example, when extension 1111 goes off-hook, router R1 automatically
dials extension 2222.

PLAR

10.1.1.1

x1111

FXS
1/1/1

V
R1

10.1.1.2

V
R2

FXS
1/1/1

x2222

With a Private Line Automatic Ringdown (PLAR) call, when a
phone goes off-hook, the attached router automatically places a
call to a preconfigured destination. In this instance, when x1111
goes off-hook, router R1 automatically places a call to x2222.

R1(config)#dial-peer voice 2222 voip
R1(config-dial-peer)#destination-pattern 2222
R1(config-dial-peer)#session target ipv4:10.1.1.2
R1(config-dial-peer)#voice-port 1/1/1
R1(config-voiceport)#connection plar 2222

PLAR Off-Premise Extension (PLAR-OPX) is similar to PLAR. However,
with PLAR-OPX, instead of a router answering an incoming call from
a PBX—in which case the PBX would consider the call complete—the
call is not answered until the destination phone goes off-hook. As a
result, an unanswered call can be rerouted to voice mail by the PBX.
In the following PLAR-OPX example, when extension 1111 dials
extension 2222, the PBX forwards the call to router R1. Router R1 then
places a call to extension 2222. However, because of the PLAR-OPX
configuration, R1 (and therefore the PBX) does not consider the call
complete until extension 2222 goes off-hook.
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CONFIGURING ROUTER DIAL PEERS
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With a Private Line Automatic Ringdown Off-Premise Extension (PLAR-OPX)
call, a router connected to a PBX does not indicate to the PBX that the call is complete
until the destination phone goes off-hook. As a result, the PBX might be able to reroute
the call to another location, such as to a voice mail system. In this instance, when x1111 dials
x2222, router R1 does not indicate to the PBX that the call is complete until x2222 goes off-hook.

Router(config)#dial-peer voice 2222 voip
Router(config-dial-peer)#destination-pattern 2222
Router(config-dial-peer)#session target ipv4:10.1.1.2

The first three digits (that is, 859) indicate an area code, which is typically associated with a geographical location within North America.
The following three digits (that is, 555) are the central office code (that
is, the NXX code), which identifies a central office location within the
area that is specified by the area code. The final four digits (that is,
1212) point the local central office to a specific local loop that goes out
to a subscriber’s physical location.
When designing a dial plan for a customer, consider the following
items:
n Where is the dial plan logic located (for example, in a gateway

[GW] or in a CCM)?

Router(config-dial-peer)#voice-port 1/1/1

n Will digit translation be required?

Router(config-voiceport)#connection plar-opx 2222

n Can the numbers in the dial plan be reached by multiple paths, for

fault-tolerant purposes?

Dial Plans

n Should you use digit translations to give dial plans a consistent

Dial plans organize a group of phone numbers in a hierarchical fashion.
Consider the North American dialing plan, which consists of ten digits,
as follows:

n Does an attached voice-mail system require a different number of

feel?
digits than an extension?
n When do area codes need to be dialed?

859-555-1212

n How can the dial plan support different countries, which can have

country codes of varying lengths?
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