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Chapter 1

Introduction
The purpose of this lecture note is to describe the fundamental principles and characteristics of
traditional fixed networks for telephony, such as the Public Switched Telephone Network (PSTN)
and the Narrowband Integrated Services Digital Network (N-ISDN). The lecture note will focus
on the different access methods, the general function of local exchanges, the signalling on the
access part and on the inter-exchange part and on the services of these networks; both the
fundamental services, but also supplementary services and the Intelligent Networks concept.
The transport network technologies that are commonly used to transport the information, e.g.,
in voice conversations, between exchanges will be described in another lecture note. The lecture
note is intended for course 34310 Introduction to Communication Technology and course 34311
Introduction to Networks for Tele- and Datacommunication. Please send comments and feedback
on this lecture note to larst@fotonik.dtu.dk.
A list of acronyms is found in appendix B.

1.1
1.1.1

Some important notation
A and B

When discussing the telephone network and especially a telephone call between two subscribers,
it is often necessary to distinguish between the subscriber that initiates the call and the subscriber that receives the call. The former will in this lecture note be described as either the
caller or the A-subscriber, while the latter is the callee or the B-subscriber. Similarly, the Anumber and B-number refers to the telephone numbers of the A-subscriber and B-subscriber,
respectively.

1.1.2

Bearer services and Tele services

When discussing services in relation to telecommunication networks, it is customary to divide
services into three categories; bearer services, tele services and supplementary services. As it can
be difficult to distinguish between bearer services and tele services, the following classifications
from ITU-T recommendation I.210 may be useful:
• Bearer Services – A telecommunication network offers a bearer service when it is capable of delivering information in the form of analog or digital signals between two access
points. However, this service is not directly useful to customers, since they need to utilize
terminals, e.g., computers, etc., that are able to process this information in a way that
makes it useful to the network’s customers.

3

• Tele Services – A telecommunication network offers a tele service, when it offers a service
that is directly useful to customers. An example is the telephony service, where a customer
(subscribers) can lift the handset, press some keys on the keypad, and (when to other
subscriber answers) start talking, i.e., exchange information.
• Supplementary Service – A supplementary service is a service that is provided in
addition to some basic bearer and/or tele service. A characteristic of a supplementary
service is that it is a service that can not be provided on its own. An example of a
supplementary service is the Wake-up supplementary service, where the subscriber can
request that the network calls him back at some predefined time. It would not be relevant
to discuss this supplementary service, if the basic (tele) service, i.e., the Telephony service,
was not already offered to the subscriber. Supplementary services are described further in
chapter 8.
The distinction between tele services and bearer services can also be related to OSI 7-layer
model. If the network’s service is similar to the service provided by layer 3 or 4, i.e., the
Network layer or the Transport layer of the OSI reference model, the service would typically be
classified as a bearer service, but if the network’s service is similar to the service provided by
the Application layer, i.e., OSI layer 7, it would typically be classified as a tele service.
Related to the concept of Tele/Bearer Services is the concept of a Bearer network, which is
the network that provides the transmission of information for a given service. The traditional
PSTN is therefore a bearer network for the Telephony (tele-)service.

4

Chapter 2

Services in telephone networks
2.1

PSTN Services

When the original public switched telephone network (PSTN) was invented, the service it was intended to provide to the subscribers was the transfer of voice signals between remote subscribers’
telephones. To accomplish this, the telephone network used a circuit-switched approach, where
an electric circuit was established between the subscribers’ telephones. This circuit-switched
connection was originally established manually by the telephone operators, but by the invention
of automatic telephone exchanges, this is now done automatically.
Experience has shown that if a voice signal is filtered to remove frequencies below 300 Hz
and above 3400 Hz, it still contains enough information to make it understandable. However,
since a voice signal contains frequencies both below and above these limits, there’s a noticeable
difference between an unfiltered and a filtered voice signal.
From the point-of-view of a communication network, it requires more network capacity to
transfer an analog signal with a large frequency range than a signal with a smaller frequency
range. Since the frequency range 300-3400 Hz is enough to ensure that a voice signal is understandable at the destination, a telecommunication network that offers a telephony service must
therefore be able to transfer an analog signal with a frequency range of 300 Hz to 3400 Hz. The
basic service of the telephone network is therefore the transfer of analog signals in the frequency
range of 300 - 3400 Hz, but since the network does not restrict these analog signals as long as
they are within this frequency band, it means that other applications or services may use the
telephone network as a bearer network for their service, as long as the equipment will translate
the relevant information into some analog signal with frequencies within this frequency range.
Examples of other types of services that also utilize the telephone network are fax and data
transmission as illustrated in figure 2.1.
In the case of fax1 , the terminal, i.e., fax machine, scans a document and translates it into
pixels, which are then compressed to save transmission time. When the compressed image of a
page is transmitted, the fax machine generates tones in the 300 - 3400 Hz range, which are then
transparently transmitted through the telephone network to the receiving fax machine.
Transfer of data is also possible through the telephone network with the use of modems 2 . One
of the first standards for this was the V.21 recommendation from ITU-T3 . This recommendation
specifies how two modems can exchange information over the telephone network with a bit rate
of 300 bits/s. When two modems communicate using the V.21 standard, the originating modem
1

The correct term is actually facsimile, but this is not often used today.
Modem = MOdulator and DEModulator.
3
ITU-T is the international organization under UN, which is responsible for issuing recommendations for
telecommunication equipment.
2
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Figure 2.1: PSTN and terminals.
(the modem that initiated the connection through the telephone network) sends the information
bits as tones with two different frequencies, 1070 Hz for ’0’ and 1270 Hz for ’1’, while the
answering modem sends with frequencies of 2025 Hz and 2225 Hz, respectively. Later standards
for analog modems increased the amount of bits per second that could be sent to the subscribers
computer to 56 kbps in the optimal case.
Today, the telephone network is used for many other services than just transferring information in form of voice signals and other analog signals between two subscribers. Examples
include:
• Televoting, where the subscribers can call a specific number out of a group of numbers to
register a vote. This was previously used for instance in the Eurovision Song Contest.
• Call forwarding, where calls to a specific subscriber is automatically rerouting by the telephone network to another subscriber. This can be a simple unconditional call forwarding
where all calls are forwared, or a more intelligent type, where calls can be forwarded to
different other numbers, depending on additional information such as day of the week,
time of day, location of the A-subscriber, etc.
These examples are commonly referred to as supplementary services, since they provide some
additional service to the basic service of transmitting information in the form of analog signals between two subscribers. Supplementary services and how they are implemented will be
described in 8.

2.2

N-ISDN Services

As shown in figure 2.2, the PSTN was originally an analog network, which means that the voice
signals (and other types of information) was carried as analog signals all the way between the two
subscribers. However, this is not a very flexible solution, and the invention of the semiconductor
transistor made it possible to process information in digital form. At first, the digitalization of
the telephone network started in the core network by using digital transmission technologies,
such as PDH, between the telephone exchanges. Later, the exchanges themselves were digitized,
so it was therefore a natural evolution to continue the digitalization of the telephone network
out to the subscriber’s premises when the technology was available.

6

(a) Original end-to-end analog telephone network

(b) Digitalization of the trunk (core) network

(c) Digitalization of the telephone exchanges

(d) End-to-end digitalization

Figure 2.2: Step-by-step digitalization of the telephone network.
However, due to the large investments already made in the PSTN access network, it would
not be feasible if end-to-end digitalization of the telephone network required the installation of
new cables between the exchanges and the subscriber’s premises. Therefore, even though the
telephone network would be fully digital, it would still have to reuse the existing twisted-pair
wires between the exchanges and the residental subscriber’s premises.
This was the idea behind the concept of an Integrated Services Digital Network (ISDN).
Broadly speaking, by making the entire network digital it would be possible to integrate (in
theory) any service on this digital network. This is in contrast with the PSTN network, where
some subscribers, e.g., companies, that wished to use other services than the tradtional telephone
service of the PSTN, e.g., telex and various (early) data communication networks, would need
to be connected separately to each of these networks.
With the concept of ISDN, that was originally being standardized in the 1980’ies, it would
be possible to integrate all services on the same network. However, the technology available
at this time limited the amount of information that could be transferred on the subscriber’s
connection to the local exchange. For this reason, the concept of ISDN is normally subdivided
into two separate types:
• Narrowband-ISDN (N-ISDN) – that reuses the existing twisted-pair wiring between the
subscriber’s premises and the local exchange, but as a consequence of this, the information
rate is limited to (for residental subscribers) a few hundred kbps.
• Broadband-ISDN (B-ISDN) – that requires new cables between the network nodes and
user’s equipment (normally optical fibers), but the bit rate of this is much higher. The
original B-ISDN standards considered a bit rate of 155.52 Mbps to residental subscribers
and (at least) 622.08 Mbps to, e.g., companies.
The concept of B-ISDN and especially the Asynchronous Transfer Mode (ATM) defined for
B-ISDN is the topic of another lecture note and will not be discussed here.

7

Chapter 3

Telephone network architecture
The network architecture of the fixed telephone network has traditionally been a hierarchical
network architecture, as shown in figure 3.1. At the lowest level of the hierarchy is the indi-

Figure 3.1: Sample network architecture of the telephone network.
vidual subscribers, which are connected directly in a star topology to a local exchange, which
can typically serve the subscribers in a small city. A number of these local exchanges are then
connected to a tandem1 exchange that convers a larger geographical area, e.g., a region. Finally,
the tandem exchanges are all connected to long-distance exchange, which both provides connectivity between different tandem exchanges, but also connections to other operators’ networks
(not shown in the figure). These other network can be in the same or in different countries.
This simple hierarchical structure is not implemented directly in modern telephone networks.
For instance, the interconnections between the different exchanges is normally based on modern
transport network technologies, usually the Synchronous Digital Hierarchy (SDH) technology.
This means that the connections in figure 3.1 between the different exchanges should primarily
1

Sometimes, an exchange that provides connectivity between different local exchanges is also called a regional
exchange or a transit exchange.
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be viewed as logical connections rather than actual physical connections in the form of an optical
fiber or other kind of cables.
Another case where the strictly hierarchical structure may be modified is if there’s a lot of
traffic between two local exchanges. In this case, a direct connection between the two exchanges,
as illustrated in figure 3.2, may be used. This extra connection has two advantages: First, it
increases the capacity between the two exchanges, and secondly, it reduces the load on the
tandem exchange. Connections via the tandem exchange may still be used, if all the capacity is
allocated on the ”cross-connection”.

Figure 3.2: Sample network architecture of the telephone network with cross connection.

9

Chapter 4

PSTN Access
4.1

Local loop

The term Local loop is used for the (usually) physical link that connects the subscriber’s premises
with the local exchange. The local loop is also referred to as the subscriber line. Traditionally,
this physical link has used a twisted-pair wire as shown in figure 4.1.

Figure 4.1: Twisted-pair wiring as used on the local loop.
The twisted-pair wires from the individual subscribers are usually collected in larger bundles
near the local exchange, as illustrated in figure 4.2, where each line in the figure represents the
twisted-pair wires to one subscriber, i.e., the pair of wires that connects the local exchange to a
single subscriber.

Figure 4.2: Wire bundles.
The reason why the wires are twisted is that it reduces the interference between the different pairs of wires. When an electrical current flows through a pair of wires, this creates an
electromagnetic field just like from a regular antenna. This electromagnetic field will be picked
up by the other pairs of wires in the cable, i.e., the signal generated by one subscriber could
potentially be heard by other subscribers. This effect is known as cross talk. Twisting the pair
of wires for the individual subscribers reduces this cross talk significantly.

4.2

PSTN telephones

Figure 4.3 shows the basic parts of a modern PSTN telephone. The wires at the right-hand side
is usually connected to a plug in the wall and through this plug to the local exchange. When the
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telephone is not in use, the handset is placed on the telephone, which causes the hook switch to
remain in the lower position; this is normally referred to as the on-hook state of the telephone.
In the on-hook state, only the Bell is connected to the local exchange.

Figure 4.3: Structure of a telephone.
When the subscriber wishes to make a call, he lifts the handset from the telephone, which
causes the hook-switch to switch to the upper position, so that the other parts of the telephone
are now connected to the local exchange. This state is called the off-hook state.
The handset consists of two components; a small loudspeaker that transforms the electrical
signals from the local exchange into sound waves that will be registered by the human ear.
The other component of the handset is a small microphone essentially performs the opposite
task, i.e., transforming the sound waves generated by a person into electrical signals that are
transmitted to the local exchange.
Notice that the handset contains a pair of wires for the signals going to the loudspeaker
and another pair of wires for the signals from the microphone, but there are only one pair of
wires connecting the telephone with the local exchange. This means that on the wires to/from
the loudspeaker/microphone, the signals propagate in one direction only, while the wires to the
local exchange carry signals in both directions simultaneously. Therefore, some component is
needed inside the telephone to translate the two-way signal to/from the local exchange into two
one-way signals for the handset. This is called a hybrid and is illustrated in figure 4.4. In this
way, the subscriber’s speech, i.e., soundwaves, that the microphone in the handset picks up and
converts into an electrical signal can be sent to the local exchange, while the signal coming from
the local exchange will simultaneously be sent to the loudspeaker in the handset.

Figure 4.4: Principle of a hybrid circuit in a telephone.
The keypad is used when the subscriber initiates a call. When the user presses a key on
the keypad, a signal that is a combination of two frequencies is sent to the local exchange.
Figure 4.5 shows the frequencies used in the Dual Tone Multi-Frequency principle. For instance,
if the subscriber presses the key ’7’, a signal that is a combination of a 1209 Hz and a 852 Hz
tone is generated. The frequencies used in the DTMF principle may seem strange, but these
frequencies were selected to minimize the risk that the exchange detects a false frequency in a

11

Figure 4.5: DTMF frequencies.
DTMF-signal that will cause the exchange to detect the wrong digit. This phenomenon is called
intermodulation which is due to imperfections in the electronic circuits used. If the transmitted
signal consisted of two frequencies only, the received signal could contain additional frequencies
as well. If the original signal only contained frequencies f1 and f2 , e.g., 852 Hz and 1209 Hz in
the case of the key ’7’, the received signal could also contain a false signal with frequencies in
the form of a · f1 + b · f2 , where a and b are integers (both positive and negative). The amplitude
of such a false frequency depends on a and b, but is strongest for (numerically) small values of
a and b. The frequencies in figure 4.5 are therefore selected so that if a certain set of (correct)
frequencies are generated, the required values of a and b that would be needed to generate one of
the other DTMF-frequencies would be (numerically) large, and the amplitude of the false signal
would then be neglible.
Finally, the block entitled ’Miscellaneous functions’ contain all the additional functionality
of a modern telephone, such as a display, memory for storing often used numbers, answering
machine, etc. Since these different circuits require a small amount of power to work, the telephone is allowed to draw a small amount of current from the local exchange, even when the
telephone is in the on-hook state. This is not included in figure 4.3, but this block is therefore
also connected to the wires to the exchange before the hook-switch to allow for a small amount
of current to power this block.

4.3

PSTN Access signalling

There are two kinds of signalling used between the subscriber’s telephone and the local exchange.
The first kind of signalling uses DC/AC signals. The first is the DC signal used to signal the
on-hook/off-hook state to the local exchange. In the on-hook state, the telephone is only allowed
to draw a very small amount of current from the local exchange, but when the subscriber picks
up the handset (and the hook-switch switches to the upper position in figure 4.3), the different
circuits that become connected which will draw a larger current from the local exchange. It is
by this change in the amount of current drawn that the exchange uses to detect the hook-state
of the telephone. The second DC/AC signal is the ringing signal which is used by the local
exchange to alert the subscriber about an incoming call. It is only sent by the exchange when
the telephone is in the on-hook signal, i.e., when the exchange is only connected to the Bell
circuit. This ringing signal is an AC signal with an amplitude of up to 120 V. A signal with an
amplitude of this magnitude might seem excessive today, but it must be remembered that the
first telephone used an electromagnetic bell which needed such as strong signal to ring.
The second kind of signalling is based on different tones that are sent to and from the
telephone. Some of the common ones are described below and also illustrated in figure 4.6.
• Dial-tone – which is sent by the exchange when it is prepared to receive the information
about the number of the B-subscriber. In Denmark, this is a constant 425 Hz tone.
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• DTMF tones – which are sent by the telephone to indicate the desired number.
• Ringing tone – which is sent by the local exchange of the B-subscriber to indicate that
the B-subscriber’s phone is ringing. This signal is usually a tone with a duration of 1000 ms
followed by a pause of 4000 ms
• Busy signal – which is sent by the local exchange of the A-subscriber to indicate that
it is not possible to connect to the B-subscriber’s telephone. The usual reason is that the
B-subscriber is currently involved in another call, but the A-subscriber will also hear the
busy signal when the call can not be established for other reasons, such as lack of capacity
in an telephone exchange. This is a tone with a duration of 250 ms followed by a pause of
250 ms, and this sequence is repeated.
• Disconnect tone – which is sent to one subscriber after the other subscriber has disconnected the call. Note that if the B-subscriber hangs up, the call is not disconnected
immediately but only after 90 s. This allows the B-subscriber to answer a call on the
telephone and hang-up on that telephone and pick-up on another telephone. If the Asubscriber hangs-up, the call is disconnected immediately. The disconnect tone is usually
the same as the Busy signal.
• Intercept signal – which is sent by the local exchange to indicated some error condition,
e.g., that the dialed number is not in use. This signal consist of three tones of 950 Hz,
1400 Hz and 1800 Hz sent in sequence with a duration of 330 ms of each frequency, followed
by a pause of 1000 ms.

Figure 4.6: Illustration of some of the tone signals used on the PSTN access.

4.4

A PSTN call in details

Figure 4.7 illustrates the different signals and events that occur on an PSTN access during a
normal call.
The PSTN call is initiated when the A-subscriber lifts the handset, and his telephone thereby
switches to the off-hook state. This is detected by the originating local exchange by an increase
in the current consumption, so the exchange sends a dial tone to the A-terminal. When this
signal is heard by the user, he will use the keypad to generate the different DTMF signals to
indicate the B-number. The originating local exchange will stop the dial tone when the first
digit of the B-number is registered. When the originating local exchange has received all the
necessay information to proceed with the setup of the call, it will communicate with other
exchanges in the PSTN core network to setup a connection to the destination local exchange.
The latter will check whether the B-subscriber is available or not. If available, the destination
local exchange will send a ringing signal to the B-subscriber’s telephone and at the same time
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Figure 4.7: PSTN call in details.
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send a ringing tone back to the A-subscriber. Note that the ringing signal and the ringing tone
are not necessarily synchronized, i.e., the number of times that the B-subscriber’s telephone
rings is not necessarily the same number of times that the A-subscriber hears a tone in the
ringing tone signal. When the B-subscriber lifts the handset, his telephone switches to the offhook state, which is detected by the destination local exchange, which stops the ringing signal
immediately, and instead connects the B-subscriber with the connection from the A-subscriber.
The destination local exchange subsequently sends a signal back to the originating local exchange
to permit the latter to start charging the A-subscriber for the call. Note that there is no specific
signalling sent to the A-subscriber except the ”hello” from the B-subscriber.
If the A-subscriber wishes to terminate the call, he places the handset on his phone, which
switches to the on-hook state. This is detected by the originating local exchange, which signals
the destination local exchange. The latter sends a disconnect tone signal to the B-subscriber
until he places the handset on his telephone.
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Chapter 5

N-ISDN access
The N-ISDN standards define primarily two different channels that are used on an N-ISDN
access, namely:
• B-channel – which is a circuit-switched channel with a capacity of 64 kbps.
• D-channel – which has a capacity of either 16 kbps or 64 kbps. The D-channel is normally
used to carry signalling messsages between the user’s equipment and the local exchange,
but the original intention was also that this channel could be used for packet switched
transfers.
In addition, a number of channels with higher capacities are also specified, namely the Hnchannels. These channels provided higher capacities than the B-channels, which made them
useful for, e.g., video conferencing applications. Three different Hn channels were originally
specified, namely:
• H0 with a capacity of 384 kbps (6 B-channels)
• H11 with a capacity of 1536 kbps (24 B-channels)
• H12 with a capacity of 1920 kbps (30 B-channels)
The different Hn channels are not a separate type of channel but rather just a bundle of the
necessary number of B-channels, which means that the capacity of a Hn channel is always a
multiple of 64 kbps. It was the intention that the H0 channel should be used for high capacity
data traffic, while the H11 and H12 channels were intended for video conferencing. The use of
Hn channels require a Primary Rate Access configuration (see below).
The N-ISDN was envisioned for both residental subscribers and for companies, but these
two categories of customers have different requirements with respect to capacity, which here
primarily means the number of simultaneous phone call that can be made. For this reason, two
types of N-ISDN access configurations were defined in the N-ISDN standards:
• Basic Rate Access (BRA) – which is the typical access type used by residental subscribers. It provides 2 B-channels of 64 kbps and 1 D-channel of 16 kbps. The B-channels
are typically used for telephone calls and circuit-switched Internet access, while the Dchannel is primarily used to transfer signalling messages. This type of access is referred
to as 2B+D access. With a 2B+D type of access, the subscriber will be able to make two
simultaneous phone calls, make one phone call while accessing the Internet with 64 kbps,
or even use both B-channels as a bundle to connect to the Internet with a capacity of 128
kbps. This latter may seem slow by today’s standard, but it must be remembered that the
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alternative technology at the time when N-ISDN became available to private customers
was to use the PSTN with an analog modem, which at best could retrieve information with
a bit rate of 56 kbps. In addition to the use of the D-channel for signalling, it was also
the intention that the D-channel could also be used for packet-switched data transmission,
although the low capacity of max. 16 kbps in reality meant that this is normally not offered to customers. The bitrates of a BRA configuration was selected so that the original
twisted-pair wires for PSTN between the local exchange and the customer’s premises could
be reused for N-ISDN in the BRA-configuration1
• Primary Rate Access (PRA) – which is typically used by companies to connect the
company’s PABX2 to the exchange. A PRA-configuration consists of 30 B-channels of
64 kbps and one D-channel, which here is 64 kbps. In addition, a channel of 64 kbps is
used for frame synchronization, to the total bit rate in a PRA-configuration is 2048 kbps,
i.e., the same as for the E1 transmission system described in section 7.1. The PRA is
also referred to as a 30B+D access, and due to the higher bit rate, a PRA configuration
can not be used with traditional PSTN twisted-pair wiring, but typically requires coaxial
cables.

5.1

N-ISDN Reference Configurations and topologies

Figure 5.1a)-b) shows the standardized reference configurations for BRA and PRA, respectively.
The different functional blocks in the reference configurations are:

(a) BRA Reference Configuration

(b) PRA Reference Configuration

Figure 5.1: Reference configurations for N-ISDN.
• NT1 – Network Termination 1, which provides the termination of the connection to the
local exchange. In typical residential installations, the NT1 is a small box that is placed
adjacent to the traditional phone plug.
1

The combined bit rate of 2 B-channels and 1 D-channel is 144 kbps, which was the highest possible bit rate on
the twisted-pair wires that connects the subscribers with the local exchange, given the available technology when
N-ISDN was standardized in the 80’ies. However, advances in technology has increased this limit significantly,
which is the basis of the ADSL connections available today.
2
A PABX is essentially a internal switchboard in a company.
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• NT2 – Network Termination 2 is essentially a digital PABX, i.e., switchboard, that are
found in companies. In figure 5.1b), it can be seen that the NT2 is connected by a PRA
connection to the local exchange, but the connections to the terminals are just BRAconnections.
• TE – Terminal Equipment, which is any kind of N-ISDN terminals, e.g., phones, faxes,
N-ISDN circuit boards for computers, etc.
• TA – Terminal Adapter, which is needed to connect legacy (PSTN-)terminals that do
not have a built-in N-ISDN interface. The most typical example is a traditional PSTN
telephone. When a private subscriber switches from PSTN to N-ISDN, he may wish to
keep his old (PSTN) telephone, but since a traditional PSTN telephone does not include a
N-ISDN interface, the TA converts between the two types of interfaces. This means that
the TA must be able to generate and receive the signals normally sent on the PSTN local
loop, e.g., dial-tone, DTMF-tones, ringing signal. Often the NT1 and TA is built into the
same box.
The letters ’S’, ’T’, and ’U’ are just the standardized names for the different interfaces
between the functional blocks.
Figure 5.2 shows the possible network topologies at the S/T interface. In the point-to-point
topology, there’s only one TE, but it can be placed up to 1 km from the NT. If more TEs are
to be connected, the distance from the NT to the TEs must be reduced. In the first case, where
the TEs are placed both near and far from the NT, the distance from the NT to the TEs must
be less than approx. 200 m. In the second case, when the TEs are placed close to each other,
the distance from the NT can be somewhat higher.

Figure 5.2: Possible N-ISDN topologies at the subscribers’ premises.
Figure 5.3 shows the TDM frame format on the S- and T-interfaces. The details of this
format will not be discussed here, but it should be noted that every frame in both directions
contains 16 bits for the two B-channels and 4 bits for the common D-channel. The rest of the
bits are used for frame synchronization and other purposes that are not relevant here.
The reason why there are three different positions (i.e., a positive signal, a zero or a negative
signal) for most of the individual bits in the frames is due to the use of an Alternate Mark
Inversion (AMI) coding. In this coding, the bits are coded as follows: A binary ’0’ is coded as
either a positive or a negative signal, while a binary ’1’ is coded as essentially no signals. In
addition, if the last ’0’ was coded as a positive signal, the next ’0’ will be coded as a negative
signal. The choice of the AMI coding allows a simpler synchronization procedure and also
reduces the power consumption. Figure 5.4 illustrates the use of AMI coding.
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Figure 5.3: Frame formats on the S/T interfaces.
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Figure 5.4: AMI coding.
On the U-interface, i.e., between the NT and the local exchange, a different coding of the
information bits is used, which is called a 2B1Q coding. In this type of coding, blocks of two
information bits are used to select one out of four symbols to be transmitted. The advantage
of this coding is that the lower symbol rate (number of symbols transmitted per second) allows
a longer cable, i.e., a larger distance between the local exchange and the NT1 compared to a
case where the frame formats from figure 5.3 were used on the U-interface as well. Figure 5.5
illustrates the use of 2B1Q codning. As can be seen, if the block of two bits is ’00’ a pulse with
amplitude −3A (for some signal level A) is transmitted, if the block is ’01’ a pulse with the
amplitude −A is transmitted, and so on.

Figure 5.5: 2B1Q coding as used on the U-interface in N-ISDN.

5.2

N-ISDN access signalling

Since the access in N-ISDN is already digital, the call related signalling between the subscribers’
premises and the local exchange can use regular signalling messages, rather than tones and
AC/DC signals as in PSTN. The signalling messages is transferred in the D-channel with the
use of the LAPD (Link Access Procedures on the D-channel) protocol, which is functionally
equivalent of an OSI Data Link protocol (OSI Layer 2).
Figure 5.6 illustrates the structure of an LAPD frame.

Figure 5.6: Structure of a LAPD frame in N-ISDN.
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The LAPD frame is delineated by the use of FLAG fields, which contains the unique bitpattern ’01111110’, which means that bitstuffing is needed on the other fields between the flags.
The Address fields are used to identify the signalling entities in the exchange and in the terminals. As described earlier, the D-channel may also be used to transmit packet-switched data, so
the Address field can be used to distinguish between signalling data and packet-switched data.
The Control field is used to describe the purpose of the frame. Some typical LAPD exchanges is
shown in figure 5.7. Figure 5.7a) shows how a LAPD connection between an N-ISDN terminal

(a) Setup and termination of LAPD
connection.

(b) Data exchange using LAPD.

Figure 5.7: LAPD examples.
and the local exchange is setup from the terminal by transmitting a SABME (Set Asynchronous
Balanced Mode Extended) message while the local exchange accepts with an UA (Unnumbered
Acknowledgment) message. Similarly, the LAPD connection is terminated after the information
transfer with the exchange of a DISC (DISConnect) and a UA message.
Figure 5.7b) illustrates the used of flow control in the LAPD connection, where the numbers
in paranthesis indicates a sequence number or an acknowledgement number. The terminal sends
information in I-frames (Information frames) while the exchange acknowledges with RR (Receiver Ready) that contains the sequence number of the next expected I-frame. After receiving
the third I-frame, the exchange wishes to halt the flow of I-frame, so it returns an RNR (Receiver
Not Ready) frame. An RNR-frame can be interpreted as a combination of an acknowledgement
for the received frame and also a request to the peer to halt the flow of I-frames. However, since
the peer LAPD-entity may have transmitted additional I-frames (the I-frame with the sequence
number 3 in this case), the local LAPD-entity must still be prepared to receive these. Since the
terminal in this case has additional information to transmit, it polls the status of the exchange
by transmitting RR messages with the Poll-bit (P) set. At first, the exchange is still not able to
receive more messages, so it replies again with an RNR message, which has the Final-bit (F) bit
set to indicate that it is a reply to the peer’s previous poll request. However, the second time
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that the terminal polls the exchange, it replies with an RR-message to indicate that it’s able to
receive I-frames again, and the information flow then contiues with the transmission of the I(4)
frame.
The contents of the ’Signalling message’ field is the actual signalling message that is exchange
between the signalling entities in the terminal and the exchange. The protocol used for this
purpose is the Q.931 protocol, which will not be described in details here due to its complexity.
However, one example of a Q.931 message is the SETUP message, which is the initial message
transmitted when a terminal wishes to establish a call to another subscriber. Figure 5.8 shows
the contents of the SETUP message. The different fields of the SETUP message are called

Figure 5.8: Information Elements in the Q.931 SETUP message.
information elements, which can be between 1 and 24 octets in length, with the exception of
the User-user field which can be up to 131 octets in length. Some of the information fields are
mandatory while others are optional. Some of the fields of the SETUP messages are:
• Call reference – which identifies a call. This field is mandatory in every Q.931 message,
since an N-ISDN access supports two simultaneous calls in the case of a BRA configuration
and 30 calls in a PRA configuration
• Bearer capability – which describes what kind of connection is requested, i.e., is the
connection to be used for a voice call or for a data connection, what is the requested
capacity, etc.
• Calling/Called party number – which are the A- and B-numbers, respectively.
The reader is referred to the Q.931 standard for an description of the other fields of the Q.931
SETUP message and of the Q.931 protocol in general

5.3

A N-ISDN call in details

Figure 5.9 illustrates the different signals and events that occur on an N-ISDN access during
a normal call. Note that the messages on the N-ISDN access are the relevant Q.931 messages.
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The different LAPD messages used to ensure the reliable transfer of these messages between the
terminals and the exchanges is not shown.

Figure 5.9: N-ISDN call related signalling on the access.
The N-ISDN call starts with the terminal of the A-subscriber sending a SETUP message
to the local exchange. The contents of the SETUP message includes, as previously described,
the B-number. The local exchange will establish a connection through the core network to the
local exchange of the B-subscriber. This exchange will send another SETUP message to the
subscriber’s terminal, which will start ringing. The B-subscriber’s terminal will also return an
ALERTING message to its local exchange. Using the inter-exchange signalling system (see later)
the destination exchange informs the originating exchange that the B-terminal is ringing, so the
originating exchange will send an ALERTING message to the A-subscribers terminal, which will
generate the ringing tone for the A-subscriber. When the B-subscriber answers, a CONNECT
message is transmitted from his terminal, and the destination local exchange then signals the
originating local exchange, which will send a CONNECT message to the A-terminal. At this
point, the connection is established and the two subscribers can communicate. The termination
of a call and the release of the associated resources requires three messages; a DISCONNECT
that is the command to the peer that the call is to be terminated, a RELEASE message that
indicates that the sending side has release the corresponding channel and also that the receiving
side should do the same, and finally a RELEASE COMPLETE that indicates that the sender
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has released the channel and associated information.
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Chapter 6

Telephone Exchanges
6.1

History of telephone exchanges

Originally, a telephone exchange was just a switch board that was manually operated. When
the subscribers lifted the handsets on their telephones and generated a signal, the (human)
operator would talk with the subscriber and receive (verbally) the information about, which
other subscriber the caller wanted to be connected to. The operator would then manually
connect the subscribers by plugging in a cable on the switch board.
Later, the manually operated exchanges were replaced with automatic exchanges. The subscriber would indicate the number of the other subscriber by sending a series of current pulses
for each digit of the desired B-number. This number was analyzed by the telephone exchange,
and a connection was set up though a number of electromagnetic relays in the exchange.
The first generation of automatic exchanges was built for one purpose only, namely to set up
a connection between subscribers, and the logic or control of the exchange was therefore fixed
and not simple to change. But the invention of the transistor and thereby the microprocessor
permitted the control of the exchange to be moved to central processing unit (CPU) that was
controlled by software. This type of telephone exchange is called a Stored Program Control
(SPC) exchange, since it is the software, i.e., the stored program that controls the function of
the exchange. Since it is much easier to modify a software program than the ”hardcoded” logic
of the first automatic exchanges, an SPC can relatively easily be upgraded to add new services
to the subscribers. This is discussed further in chapter 8.
The first generation of SPCs still used electromagnetic relays to make a connection between
the two subscribers in a call, but electromagnetic relays are slow to setup a connection and require
a lot of power to work. Today, however, the connections between subscribers are also provided
by digital electronics, which is much faster and requires less energy, but as a consequence, the
analog signals from the subscribers must first be transformed into digital signals.

6.2

Structure of a modern SPC

Figure 6.1 shows the structure of a generic SPC telephone exchange. The different parts are
explained in the following sections.

6.2.1

Analog Line Interface Card

The analog Line Interface Card (LIC) contains the functionality to handle the connections to
the individual PSTN subscribers. The analog LIC typically contains the following elements, as
illustrated in figure 6.2.
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Figure 6.1: Structure of a generic telephone exchange.

Figure 6.2: Generic Line Interface Card (LIC).
The wires from a subscriber connects first to the Overvoltage protection circuit. As the
name implies, the purpose of this circuit is to protect the rest of the telephone exchange from
situations where a high voltage spike would be present on the telephone wires, which could for
instance happen if lightning strikes the telephone wires. This was mostly a problem earlier, when
telephone wires were placed on telephone poles, i.e., in open air, but today the twisted-pair wires
to the subscribers are installed in the ground.
The next block (Test access) is used for testing the connection to the subscriber. If the
subscriber has reported that his telephone is not in order, the operator can insert a test signal
from this block to test the connection to the subscriber. By inserting a test signal with a series
of different frequencies and measuring any return signals, it is possible to locate any fault in the
twisted-pair wires to the subscriber with an accuracy of less than a few meters.
The Polarity Inversion block can be used to detect if it is a payphone that is connected. A
payphone is normally constructed so that the current drawn from the exchange changes when
the polarity of supply current is reversed. In this way, the operator can avoid collect-calls to
payphones.
The Hook Detection circuit is used to detect when the subscriber lifts the handset on his
telephone. Normally, when the handset is placed on the phone, only a small current is drawn,
but when the handset is lifted, the current flowing to the telephone increases, which are detected
by this circuit.
The Ringing signal is used to generate an AC-signal with an amplitude up to 120 V that
will cause the bell in the telephone to ring.
The Current supply circuit generates a constant current supply for the telephone in form of a
48 V DC-signal. However, the telephone is only allowed to draw a very small amount of current
which can be used to power some of the circuits, such as memory for often dialed numbers, etc.
The Hybrid has the same function in a LIC as in a telephone as described earlier, i.e., to con-
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vert between the two-way transmission to and from the telephone and two one-way transmission
to and from the rest of the exchange.
Finally, the A/D and D/A conversion circuits1 converts between the analog signals used
from the subscriber’s telephone to the Hybrid and the digital signals used in the rest of the local
exchange and also in the core part of the telephone network. The conversion between analog
and digital signals in the telephone network is described in more details in appendix A.

6.2.2

Digital Line Interface Card

N-ISDN subscribers are connected to another LIC than the PSTN subscribers, since the transmission from these subscribers is already on digital form, as described in chapter 5. The digital
LIC for the N-ISDN subscribers is therefore simpler than the analog LIC and would only have
the following blocks from figure 6.2 in common: Overvoltage protection, Test access and Hybrid. A digital LIC may also have an additional block to handle the N-ISDN access signaling to
off-load the main signalling block of the exchange as describer later.

6.2.3

Group Switch

The output from the LIC is a time-slotted system, i.e., a TDM system, where each timeslot (if
allocated) carries the sampled information from one conversation, i.e., a 64 kbps digitized signal.
Note that there is not a fixed relation between a subscriber and a timeslot. Instead, the timeslots
are shared among the subscribers that are using their phones at the moment. Therefore, the
number of timeslots in this TDM system is less than the number of subscribers connected to
the LIC, since an average subscriber only uses his phone for calls some part of the time.
The LICs are interconnected by the group switch. The purpose of this element is to switch
telephone calls, i.e., transfer information between different subscribers, which means that it must
be able to transfer information between (possibly different) timeslots in different TDM systems.
For this reason, the group switch must be able to switch both in time and in space. Switching in
time means that information is transferred between different timeslots, while switching in space
means that the information is switched between different TDM systems. Normally, the group
switch can logically be divided into two types of switching elements; time-switches for switching
information between timeslots in the same TDM system, and space-switches for switching information between different TDM systems but in the same timeslot. A simple structure of a group
switch consisting of time-switches and space-switches is called the TST structure, as illustrated
in figure 6.3. Structures with other combinations of T-stages and S-stages have also been used.

Figure 6.3: TST structure for a group switch.
The reader might wonder why the group switch in figure 6.3 employs two time-switches. The
reason is related to the concept of blocking in the group switch, which is the probability that
it is not possible to establish a path through the group switch when a new call is attempted.
It can be shown that if every path through the group switch passes through two time-switches,
1

A/D = Analog to Digital and D/A = Digital to Analog
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the resulting blocking for the group switch will be lower than for a group switch with only one
time-switch. In turn, this means that more phone conversations can be switched at the same
time, making the group switch more efficient.
The two parts of the group switch, i.e., time-switches and space switches, are discussed in
the following.
Switching in time
As described earlier, the purpose of a time switch is to transfer information between different
timeslots in a TDM system. The structure of a time switch is shown in figure 6.4.

Figure 6.4: Structure of a time switch.
At the input of the time switch is a TDM system, i.e., a system where the information is
transferred in timeslots that are grouped together into a frame structure. In this case, the frame
structure contains n timeslots. The time switch contains two storage blocks called the Speech
Store and Control Store, respectively. In addition, the time switch keeps track of the current
timeslot in the Timeslot counter, i.e., which timeslot is currently being received at the input
and transmitted at the output.
The purpose of the Speech Store (SS) is to keep the contents, e.g., speech samples, of the
incoming timeslots until they are to be transmitted at the output, while the purpose of the
Control Store (CS) is to keep information about when the information in the different blocks of
the SS is to be transmitted at the output.
The basic principle of the time switch is that the information in the incoming TDM system
is stored in the SS at the same location as the timeslot number, i.e., the information contained
in timeslot X will be stored in the SS in position X.
The contents of the timeslots in the outgoing TDM system is found using the contents of the
CS as an index to the SS. If we want to determine the contents of timeslot X in the outgoing
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TDM system, we look at position X in the CS. Suppose position X in the CS contains the value
Y ; this means then that the contents of timeslot X in the outgoing TDM system contains the
information from position Y in the SS.
As an example of the principle of a time switch, consider figure 6.5 that illustrates a small
time switch used for a simple TDM system with only 4 timeslots per frame. In this situation, 4
calls are currently active and in the incoming TDM system, call A uses timeslot 0, call B uses
timeslot 1 and so on. However, it is necessary to rearrange the different calls so that at the
output of the timeswitch, call A will use timeslot 3, call B will use timeslot 1 and so on.

Figure 6.5: Time switch example part 1.
To determine how the timeswitch must be configured so that this rearrangement of the calls
in the timeslots will take place, we’ll need to determine the contents of the speech store and the
control store. The contents of the Speech Store is easy to determine, since the speech samples
are simply put into the Speech Store in the same positions as in the timeslot, i.e., the speech
samples from call A is stored position 0 in the SS, since they arrived at the time switch in
timeslot 0, the speech samples from call B is stored in position 1 in the SS, since they arrived
in timeslot 1 and so on. This is illustrated in figure 6.6.
To determine the contents of the Control Store proceeds as follows: The contents of timeslot
0 in the outgoing TDM system are the speech samples from call C, which are stored in the SS
at position 2. This means that when the timeswitch examines position 0 in the CS (because
it has to determine what to send out in timeslot 0 in the outgoing TDM system), the contents
of position 0 in the CS must indicate that it is the contents of position 2 in the SS that must
be transmitted now. For this reason, the value 2 is stored in position 0 in the CS. Similarily,
timeslot 1 in the outgoing TDM system must contain the speech samples from call B, which are
stored in position 1 in the SS. Therefore, position 1 in the CS contains the value 1 so that the
contents of timeslot 1 in the outgoing TDM system will be the contents of SS position 1, i.e.,
speech samples from call B. The contents of the two remaining positions in the CS is determined
in the same way. The correct contents of both the SS and the CS is illustrated in figure 6.7
At this point, the reader might wonder why the T-stages of a group switch are necessary,
but this is related to the other part of the group switch, namely the S-stage, which is described
in the following.
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Figure 6.6: Time switch example part 2.

Figure 6.7: Time switch example part 3.
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Switching in space
As described earlier, the purpose of the space switch is to switch the contents from one TDM
system to another. The structure of a space switch can be illustrated as shown in figure 6.8 for
a simple space switch with 4 inputs and 4 outputs.

Figure 6.8: Structure of a space switch.
The idea of this structure is that at every point where a vertical and a horizontal line meets,
there is a small switch that can be either open or closed. If this switch is closed, there’s a
connection from the corresponding input (horizontal line) to the corresponding output (vertical
line). In the simple space switch in figure 6.8 there will be 4 · 4 = 16 small switches between the
input lines and the output lines.
However, one important characteristic of the space switch is that the different switches can
not be open or closed independently of each other. If two or more switches on the same input
line (a horizontal line) are closed simultaneously, the corresponding input signal will be sent to
more than one output at the same time, which is usually not desirable for a telephone exchange.
In the same way, if two or more switches on the same output (vertical) line are closed at the same
time, two or more inputs are sent to the same output, which is basically a kind of a collision.
Therefore, for the correct operation of a space switch, it must be ensured that at most one
switch is closed on every input line, and the same must also be the case for every output line.
This means that at any point in time, at most 4 of the switches can be closed.
The signals at the input of the space switch is the TDM systems from the time switches.
These TDM systems can transfer the contents of several calls in the diffent timeslots, which
means that the configuration of the space switch can change from timeslot to timeslot.
As an example of the operation of a space switch, consider the example in figure 6.9. The
space switch is configured as follows:
• In timeslot 0: Speech samples from call E arrives at TDM system 1 and must be switched
to TDM system 3. Speech samples from call F arrives at TDM system 2 and must be
switched to TDM system 4.
• In timeslot 1: Speech samples from call G arrives at TDM system 3 and must be switched
to TDM system 3.
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Figure 6.9: Example setup of a space switch.
• In timeslot 2: Speech samples from call H arrives at TDM system 4 and must be switched
to TDM system 1. Speech samples from call I arrives at TDM system 3 and must be
switched to TDM system 4.
• In timeslot 3: Speech samples from call J arrives at TDM system 3 and must be switched
to TDM system 2. Speech samples from call K arrives at TDM system 1 and must be
switched to TDM system 4.
To permit the space switch to perform the necessary switching, the switches between input
lines and output lines must be configured. Therefore, in timeslot 0 the switch between input
line 1 and output line 3 is closed and so is the switch between input line 2 and output line 4.
This is illustrated in figure 6.10a, where the thick lines between and input line and an output
line symbolizes that the corresponding switch is closed. Similarly, figures 6.10b-d shows the
configuration of the space switch in timeslots 1-3.
Switching in both time and space
As described earlier, a typical group switch uses a TST structure. To see why a space switch
alone is not optimal, consider the following scenario. Suppose that the group switch consists
of a space switch only, and that there’s only one call, i.e., call L, active initially. The speech
samples of call L arrives at the group switch (= space switch) in timeslot 0 in TDM system 1
and is switched to TDM system 3, as illustrated in figure 6.11a. Sometime later, a new call (call
M) is to be established, which arrives at the group switch in timeslot 0 time TDM system 3,
as shown in figure 6.11b, and is to be switched out on TDM system 3. However, this is not
possible, since the space switch is already configured to switch between TDM systems 1 and 3
in timeslot 0 (due to call L), so call M can not be established. In this case, the group switch is
said to block call M, which is an undesirable situation.
The blocking experienced by call M in the above example can be avoided if a T-stage is
added before the S-stage, so the group switch will have a TS-structure. This is illustrated in
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(a) Timeslot 0

(b) Timeslot 1

(c) Timeslot 2

(d) Timeslot 3

Figure 6.10: Configuration of the space switch for the setup in figure 6.9.
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(a) Initial situation

(b) Attempt to establish call M

Figure 6.11: Example of blocking in a group switch consisting only of a space switch.
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figure 6.12, where it can be seen that – as before – the speech samples from calls L and M
arrive in timeslot 0 to the group switch in TDM systems 1 and 3, respectively. However, the
time-switch on TDM system 3 can be configured to rearrange the contents of the TDM frame
in TDM system 3, so that the speech samples from call M will now be placed in timeslot 1 at
the input to the space switch. In this case, there’s no blocking since the space switch will be
configured to switch between input 1 and output 3 in timeslot 0 and between input 3 and output
3 in timeslot 1. Adding a T-stage to the group switch therefore has the effect of reducing the
blocking of the group switch.

Figure 6.12: Reducing the blocking with the use of a T-stage.
It will not be described in detail here, but adding a T-stage at the output of the space switch
to obtain the TST-structure illustrated in figure 6.3 will reduce the blocking in the group switch
even more.
In the previous description of the group switch, we have only considered the switching of calls
in one direction. However, as normal telephone calls are bidirectional, the setup of a telephone
call through the group switch requires the setup of two connections through the group switch.
Furthermore, the inputs and outputs of the group switch are not independent but paired as
illustrated in figure 6.13.

Figure 6.13: Group switch structure.
The setup of the two connections through the group switch takes place at the same time,
but the selection of the timeslots that are used in the space switch usually follows an anti-
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phase principle. This means that if the connection in one direction is configured to be switched
through the space switch in timeslot i, the connection in the other direction uses timeslot
(i + N/2) modulo N , where N is the number of timeslots in the TDM system, and X modulo Y
denotes the remainder of the integer division of X by Y . For instance if N = 4 as in the
examples above and the first direction uses timeslot 0 in the space switch, the other direction
will use timeslot (0 + 4/2) mod 4 = 2 mod 4 = 2. If the first direction uses timeslot 3, the other
direction will use timeslot (3 + 4/2) mod 4 = 5 mod 4 = 1.

6.2.4

Exchange Termination Circuits

The Exchange Termination Circuits (ETCs) are responsible for the interfacing of the exchange
to the transmission systems that connects the local exchange to other exchanges. Since different
transmissions systems may be used between exchanges, the ETCs are typically modules that
can be replaced, if the transmission systems to other exchanges are updated. A typical transmission system that can be used to connect a small local exchange to other exchanges is the E1
transmission system as described in section 7.1. Larger local exchanges are typically connected
using PDH or (commonly today) SDH transmission systems, which are described in another
lecture note.

6.2.5

Register

When a subscriber attempts to establish a phone call, he will use the keypad on his telephone to
indicated the desired B-number. The DTMF signals generated by the keypad will be processed
in the Register module, to determine the keys that was pressed.

6.2.6

Control System

The Control System is responsible for the overall control and configuration of the local exchange.
Some examples of this includes:
• Charging – When a subscriber makes a call, information like the duration and the called
number is recorded in the charging subsystem, and later transmitted to the network operator’s charging center, so that the subscriber can be billed correctly for the call.
• Number Analysis – When the A-subscriber dials the number of the B-subscriber, this is
initially stored in the Register, but subsequently transferred to the control system where it
is analyzed, so that the local exchange can attempt to setup the call. There are a number
of possibilities here:
– The B-number indicates another subscriber on the same exchange. In this case the
call can be setup directly.
– The B-number indicates a subscriber connected to another local exchange. In this
case, the call must be routed to another exchange for further processing. In this case
the signalling block is used to generate signalling messages that are sent through the
SS7 signalling network (see section 7.2.2).
– The B-number indicates a special number, e.g., a number used in connection with
the Intelligent Networks (IN) concept. In this case, the call is routed to a relevant
SSP for futher processing, as discussed in section 8.3.
• Switch Control – When the Control System has determined how a new call must be
handled, the Switch Control part is responsible for configuring the group switch correctly,
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e.g., by determining the contents of the CS blocks of the time switches and also how
the space switch is configured. When a call is terminated, the Switch Control is also
responsible for releasing the resources of the group switch.
• Subscriber data – The Control System can also contain a database with information
about the different subscribers, for instance that a specific subscriber is not allowed to
call certain numbers. This database can be consulted during the number analysis phase
to determine, whether the call setup is allowed to proceed.
The software used to control a modern SPC exchange must be very reliable, since operators
usually have some very demanding requirements to the availability of the exchange, e.g., that
the exchange should function correctly 99.999% of the time. Therefore, upgrading the software
in a SPC is not a simple procedure. Often the operator would use two exchanges, where the
active, i.e., the one that is handling the actual traffic, is still using the old software. The new
software is simultaneously tested on another similar exchange, which will be processing the same
signalling messages as the active exchange. The new exchange is monitored for some time to
see that the software functions correctly. If this is the case the traffic is finally switched to the
new exchange.

6.2.7

Tone Generator

The signalling in the PSTN access is based on both DC and AC signals, e.g., the hook-state and
the ringing signal, and on tones, e.g., dial tone, busy tone, etc., The latter is generated by the
Tone Generator block.

6.2.8

Signalling

The Signalling block is responsible for generating and proccessing the signalling messages that
are exchanged with other exchanges, e.g., in the Signalling System No. 7 (SS7).

6.3

Remote Subscriber Stages

As described in the start of this chapter, the subscribers have traditionally been connected
directly to a local exchange, but today it is also possible to move some of the functionality
of the local exchange closer to the subscribers. This could be relevant for instance if a new
neighbourhood is developed outside of the original city area. In the traditional configuration,
all residents in this new neighbourhood would need their own twisted-pair wire all the way to
the local exchange, but an alternative solution is to install a Remote Subscriber Stage 2 (RSS)
in the new neighbourhood, as illustrated in figure 6.14.
The RSS would contain some of the functionality of the local exchange and be connected to
the local exchange by a high capacity TDM system. In the local exchange, the TDM system
from the RSS would essentially be connected directly to the group switch. Figure 6.15 shows a
generic RSS.
As illustrated, an RSS is very similar in structure to a generic local exchange, but there are
some differences:
• The number of LICs is usually smaller in the RSS than in the local exchange since it has
to serve fewer subscribers.
• The switching module is also smaller, and may sometimes consist of a time switch only.
2

Sometimes also referred to as a Remote Switching Unit (RSU)
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Figure 6.14: PSTN Access with a Remote Subscriber Stage.

Figure 6.15: PSTN Access with a Remote Subscriber Stage.
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• The signalling used between the RSS and the local exchange is a simpler signalling system
than the SS7 signalling system (see later) that is used between the regular exchanges.

6.4

Echo cancellation and suppression

The description of the hybrid circuit in the telephones in section 4.2 was an idealized description.
In a real hybrid it is possible for a part of the signal to be reflected back towards the sender, so
that a subscriber may hear his own voice after some delay. This is called echo and is a problem
in long-distance communication. Echoes may also occur in local calls, but the echo is received
with a very small delay that makes it unnoticeable. Figure 6.16 illustrates the concept of echo
in a long distance call. Note that the figure only considers echo in one direction, i.e., due to the
hybrid on the right; depending on the other hybrid, echoes in the other direction may also be
possible.

Figure 6.16: Echo in a long distance phone call.
Another source of echoes in voice calls is called acoustic echos which refers to the situation
where the signal from the loudspeaker in the handset is sometimes picked up by the microphone
in the same handset.
The problems caused for long distance voice calls caused by echoes can be handled by either
echo suppression or echo cancellation. However, both methods interfer with the transmitted
signals in some way, so neither should not be used when a connection is used for data communication, e.g., fax or modems. To detect whether echo suppression or cancellation should be
used or not, the telephone network has some options. For PSTN, the network can try to detect
some of the tones used between modems or faxes, and for N-ISDN, the SETUP messages (see
section 5.2) includes a description of the bearer capabilities of the connection, which will be set
to ”64 kbps unrestricted” for data communication.

6.4.1

Echo suppression

The principle of echo suppression is illustrated in figure 6.17.

Figure 6.17: Echo suppression circuit.
The idea is that if the Signal detection block in the echo suppression circuit detects an
incoming signal, the corresponding output-switch is opened so that any signal that is echoed
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back will not be able to pass through the switch and be transmitted back towards the talking
subscriber, as illustrated in figure 6.18. The drawback of this method is that it can interfer with
the conversation. Normally, when two persons communication in a voice call, they take turns
in speaking. However, when the remote subscribers finishes a sentence and the local subscriber
starts, the switch closes, as illustrated in figure 6.18, but the Signal detection block may take too
long to detect that the signal from the first subscriber has ended and thereby close the switch.
The effect is that the first syllables of the local subscriber may not be transmitted to the remote
subscriber.

(a) Remote subscriber talking → switch
open.

(b) Local subscriber talking → switch
closed.

Figure 6.18: Echo suppression circuit operation.

6.4.2

Echo cancellation

A more advanced method of handling echoes is echo cancellation, which is illustrated in figure 6.19. Here, the idea is that the ”Adaptive filter” block continually tries to estimate the echo
that is caused by the hybrid based on the input signal and the output (echo-)signal from the
hybrid. Based on the estimate of the echo, an ”echo estimation” signal is generated, which is
subtracted from the output signal. The signal after the ”Subtractor” block is used to continually
modify the estimation parameters in the ”Adaptive filter” block to remove as much of the echo
as possible.

Figure 6.19: Echo cancellation circuit.
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Chapter 7

Core-part of telephone networks
7.1

E1 Transmission System

A tradition transmission system used between telephone exchanges is the E1 transmission system, which is a TDM system. It is also referred to as a first-order PCM system. Here, PCM,
which stands for Pulse Code Modulation, refers to the method of converting an analog signal
into a 64 kbps digital signal.
The frame format in the E1 system is illustrated in figure 7.1.

Figure 7.1: Frame structure for an E1 transmission system.
As illustrated in figure 7.1, an E1 frame consists of 32 timeslots (numbered 0 – 31), but only
30 of these can be used for user information, since timeslot 0 and timeslot 16 are reserved for
other purposes described later. One timeslot in the E1 frame carries one digitized telephone
call which has a bit rate of 8000 samples/s · 8 bits/sample = 64000 bps = 64 kbps and with 32
timeslots per E1 frame, the bit rate of an E1 transmission system is therefore 32 · 64000 kbps =
2048000 bps = 2048 kbps. Although slightly inaccurate, an E1 transmission system is sometimes
referred to as a ”2 Mbps transmission system.” Since each timeslot is 8 bits, the size of an E1
frame is 32 · 8 bits = 256 bits. Since one timeslot contains one sample, it also means that the
number of E1-frames transmitted per second is also 8000.
The contents of timeslot 0 is used for the frame synchronization procedure at the receiver,
which is used to determine the start of the frame. When the start of an E1 frame is determined,
it is a simple matter for the receiver to extract the contents of the different timeslots. For
instance, if the receiver wants to extract the contents of timeslot 6, it will just skip the first
6 · 8 bits = 48 bits, corresponding to timeslots 0 – 5.
The basis for the frame synchronization in E1 transmission systems is a Frame Alignment
Signal (FAS), which is a predefined bit pattern, 0011011, that is sent in timeslot 0 in every other
E1 frame. Note that the FAS is only 7 bits, so an extra bit is available in timeslot 0 in the frame
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that contain the FAS, but the use of this bit is not relevant here. Figure 7.2 illustrates the use
of FAS in timeslot 0.

Figure 7.2: Use of Frame Alignment Signal in E1 frames.
If the receiver has lost frame synchronization, it will examine the incoming bit stream on a
bit-by-bit basis until it detects the FAS, i.e., 0011011. When this bit pattern is found it may
be the correct synchronization bit pattern from timeslot 0, but it could also occur in the other
timeslots of the frame or even across timeslot boundaries1 .
If the bit pattern found is a true FAS (i.e., the contents of timeslot 0) the receiver will
know that the FAS bit pattern will be present again in the incoming bit stream again after
63 · 8 bits = 504 bits, corresponding to timeslot 0 in the second frame after the first frame where
the FAS bit pattern was detected. Subsequently, if the FAS is detected at the correct periodic
intervals (corrsponding to timeslot 0 in every other frame) for a number of times, the receiver
will assume that it has acquired frame synchronization, i.e., that the receiver now knows when
the frames start.
However, if the found bit pattern is not a true FAS but just some user information (from
other timeslots) that happened to be identical to the bit pattern, it will be very unlikely that this
bit pattern will be repeated in the user information a certain number of times. If the receiver
had originally found a false FAS and expect the bit pattern to be present again after 504 bits,
this will normally not happen, so the receiver restarts the frame synchronization procedure and
looks for the bit pattern again on a bit-by-bit basis.
The contents of timeslot 8 in the frames that do not carry the FAS is reserved for various
control purposes that are not discussed here.
The other reserved timeslot in E1 frames, i.e., timeslot 16, is traditionally used for channel
associated signalling as explained in section 7.2.1.

7.2

Interexchange signalling

In chapters 4 and 5 was described the signalling used on the PSTN and N-ISDN access. However,
signalling is also important in the telephone core network, i.e., between the different telephone
exchanges. This section describes the different forms of signalling that are used between telephone exchanges used to setup and terminate connections through the core part of the telephone
network. This inter-exchange signalling can be divided into two categories:
• Channel Associated Signalling (CAS)
• Common Channel Signalling (CCS)
A characteristic of a Channel Associated Signalling system is that a dedicated signalling
channel exist for every physical resource, i.e., trunk line, timeslot, etc., and that the information
in this dedicated signalling channel is sent on the same physical transmission system as the
1
One example would be if the last 3 bits of one timeslots are ’001’ and the first 4 bits of the following timeslot
are ’1011’.
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corresponding resource. This is illustrated in figure 7.3. In the old analog telephone networks
before the use of multiplexing systems on the interexchange connections, the different trunk lines
carried both the traffic, e.g., voice calls, and the related signalling used to allocate and deallocate
the individual trunk connections. This is illustrated in figure 7.3a). With the introduction of
time division multiplexing systems between the exchanges, the signalling related to individual
trunk lines was carried in the same multiplexing system, e.g., by multiplexing the individual
signalling channels onto a single timeslot as illustrated in figure 7.3b).

(a) Calls and associated signalling before the use of multiplexing systems.

(b) Calls and associated signalling in multiplexed systems.

Figure 7.3: Channel Associated Signalling.
CAS is normally divided into two categories:
• Line Signalling – which is used to signal the allocation and deallocation of a circuit, e.g.,
a twisted-pair wire in figure 7.3a) or a timeslot in the TDM system in figure 7.3b).
• Register Signalling – which is used by one exchange to send the information that the
other exchange will need to further setup a phone call. This will be the phone number of
the B-subscriber.
Today, almost all telephone networks use a Common Channel Signalling system, which is
characterized by the fact that there’s a common signalling network that the exchanges use to
transport the signalling messages. This also means that the signal messages related to a call
may be routed differently than the call itself. The concept of common channel signalling with a
separate signalling network is illustrated in figure 7.4.

Figure 7.4: Common Channel Signalling with separate signalling network.
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The advantage of using a common channel signalling system is an added flexibility, since
a separate signalling network can be used for other purposes than just the establishment and
termination of telephone calls. However, since the signalling network is used both for callrelated signalling and for other purposes, it is very important that the signalling network is
very reliable. If the signalling network fails, no new calls can be established nor can existing
ones be terminated. A related requirement is that the signalling network ensures that signalling
messages are not reordered.

7.2.1

Channel Associated Signalling in E1 transmission systems

An example of Channel Associated Signalling is found in relation with the E1 transmission
system. One of the timeslots (timeslot 16) is reserved for signalling related to the allocation or
deallocation of the normal timeslots (timeslots 1–15 and 17-31) that are used to carry telephone
calls.
Since there are 30 timeslots available for telephone calls, a similar number of associated
signalling channels exists, which are multiplexed together and transferred in timeslot 16 of the
E1-frames. This is accomplished with the definition of a multiframe, were one multiframe consists
of 16 E1-frames, as illustrated in figure 7.5.
The associated signalling channels for the normal 30 (traffic-)timeslots of the E1-frames uses
4 bits (i.e., half of a timeslot) in one of the E1-frames in the multiframe, i.e., a signalling channel
uses 4 bits per multiframe. The associated signalling channels are then multiplexed onto timeslot
16 in the E1-frames in the following way:
• Timeslot 16 in the first E1-frame in a multiframe contains a special bitpattern as discussed
later.
• Timeslot 16 in the second E1-frame in a multiframe uses 4 bits for the associated signalling
channel related to timeslot 1 and 4 bits related to timeslot 17.
• Timeslot 16 in the third E1-frame in a multiframe uses 4 bits for the associated signalling
channel for timeslot 2 and 4 bits for timeslot 18.
• ...
• Timeslot 16 in the last E1-frame in the multiframe uses 4 bits for the associated signalling
channel for timeslot 15 and 4 bits for timeslot 31.
The reason for using a special bit pattern in timeslot 16 in the first E1-frame of a multiframe is
similar to the use of the FAS in timeslot 0 in every other E1 frame, i.e., to obtain synchronization.
When a receiver has correctly detected the start of E1-frames with the help of the FAS it can
easily extract the contents of timeslot 16, but unless it also knows the number of the current
frame in the multiframe structure, it will not know, which of the regular timeslots the signalling
information from timeslot 16 is related to. Detecting the correct start of multiframes with the
help of the special bit pattern in timeslot 16 in the first frame of a multiframe is called multiframe
alignment.
The capacity of an associated signalling channel, i.e., 4 bit in every 16th E1-frame, may
seem small, but it is only used for Line signalling, i.e., used to inform the other exchange of the
allocation or deallocation of normal timeslots, which means that the amount of signalling traffic
on an associated signalling channel is limited. The other form of CAS signalling, i.e., Register
signalling, uses the allocated timeslot.
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Figure 7.5: Multiframe structure.
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7.2.2

Common Channel Signalling

Today, the mostly used CCS is the Common Channel Signalling System No. 7, which is normally
just referred to as SS7. The idea with SS7 is to have a separate network for the transfer of
signalling messages that is in some way seperate from the normal network that carries the userinformation, e.g., voice signals. The advantage of this is that the signalling network can be used
to carry signalling in many other cases than just the setup and termination of traditional phone
calls. One example is in mobile networks, where the network keeps information of the location
of the individual subscribers in a database. If a subscriber moves to another location, the
information in the database must be updated. Another example is in the Intelligent Networks
(IN) concept (see later) where signalling information is exchanged for the support of advanced
supplementary services.
Although a CCS-network is viewed as separate network, it does not mean that a CCSnetwork requires all new network nodes and communication links. Much of the functionality of
SS7 is implemented in the normal exchanges and the SS7-communication is usually transferred
on the same communication links as the voice signal, e.g., by reserving one or more timeslots to
the SS7-traffic.
Figure 7.6 illustrates the network network structure of a telephone network using SS7. As

Figure 7.6: Telephone network using SS7.
illustrated in figure 7.6, two new functional entities are needed for SS7:
• Signal Point (SP) – which are located in the different exchanges. It is the SP that
generates and process SS7 messages related to call establishment and termination.
• Signal Transfer Point (STP) – which are responsible for forwarding the SS7 signalling
messages between the relevant SPs. The STPs can therefore be viewed as a kind of packet
switches for the signalling network.
The protocol architecture defined for SS7 is illustrated in figure 7.7, and the different modules
of the protocol architecture is described in the following.
• MTP level 1-3 – MTP (Message Transfer Protocols) level 1-3 are similar to layers 1-3
in the OSI reference model. This means that the service provided by MTP level 1-3 is the
transfer of signalling messages through the SS7 signalling network between SPs that are
implemented in the different exchanges.
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Figure 7.7: SS7 protocol architecture.
• SCCP – The SCCP (Signalling Connection Control Part) is used to enhance the service provided by MTP level 3 of the transfer of signalling messages between SPs. Since
additional forms of signalling and signalling nodes are necessary in a modern telecommunication networks, the SCCP therefore enhances the MTP level 3 service to allow arbitrary
Application Parts in the network to exchange any type of signalling in both a connection
oriented and a connectionless way. Examples include the signalling between the exchanges
and databases in a mobile network to update the information about the location of a subscriber, and the signalling between the SSP and the SCP (which are IN-specific types of
SPs) for the support of supplementary services.
• TUP and ISUP – The TUP (Telephony User Part) and the ISUP (ISDN User Part)
are responsible for processing signalling messages related to the setup of normal circuitswitched connections, i.e., calls, in the telephone networks. The TUP was the first User
Part in the SS7 concept and used in PSTN. With the standardisation of N-ISDN, which
provided more advanced uses of the telephone network, a more advanced User Part was
needed, i.e., the ISUP. Since the services of PSTN is a subset of the services of the N-ISDN,
the ISUP can therefore be seen as a more advanced TUP. Today, most network operators
only use ISUP, both for PSTN and N-ISDN.
• APs – The APs (Application Parts) are responsible for the processing of signalling messages that are not related to traditional circuit-switched connections. For this reason, the
different APs use the service of the SCCP to deliver the signalling messages.
Message Transfer Part level 1-3
MTP level 1 is similar to the physical layer in the OSI model. Typically, MTP level 1 handles
the inserting and extraction of information from a timeslot in the TDM system that is used
between exchanges.
MTP level 2 provides a reliable transfer of signalling messages between SPs and STPs and
between STPs. Figure 7.8 illustrates the different MTP-2 frame formats. The numbers above
the fields indicate the size of the fields in bits.
The reader should note the similarities between especially the MSU frame format and the
traditional frame formats used in OSI layer 2 protocols. The FISU frame is used as a filler when
no LSSUs or MSUs need to be transmitted. The LSSU frame is used to carry control messages
regarding the signalling link between two SPs. Finally, the MSU is the frame type used to
transport the actual signalling messages between SPs. The fields of the frame formats are:
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Figure 7.8: Frame formats used in MTP level 2.
• Flag – Fixed bitpattern (01111110) used to separate frames. Similar to OSI layer 2
protocols, bit stuffing is used to avoid false flags.
• Backward Sequence Number (BSN) – Indicates the sequence number of the last
correctly received frame.
• Backward Indicator Bit (BIB) – Used to indicate, whether last received frame was
OK
• Forward Sequence Number (FSN) – Sequence number of the frame
• Forward Indicator Bit (FIB) – Set if the current frame is a retransmission of an earlier
frame. Only used for LSSUs and MSUs.
• Length Indicator (LI) – Indicates the number of bytes between the LI field and the
CK field. Also used to distringuish between the frame types, since LI = 0 for FISUs,
LI = 1 or 2 for LSSUs, and LI > 2 for MSUs.
• ChecK bits (CK) – Contains the CRC-checksum for the frame, which is used for error
detection.
• Service Information Octet (SIO) – Indicates which level 4 entity generated the actual
signalling information.
• Signalling Information Field (SIF) – The actual signalling message.
The purpose of MTP level 3 is to deliver the signalling messages to the correct SP. For this
purpose, every SP in the network has a unique address, called the Signalling Point Code (SPC).
Figure 7.9 illustrates the structure of an MTP level 3 PDU.
The Routing Label, which is used by the STPs to deliver a signalling message to the correct
SP, is divided into three fields:
• Originating Point Code (OPC) is the signalling point code for the SP that generated
the signalling message.
• Destination Point Code (DPC) is the signalling point code for the SP that is intended
to receive this signalling message.
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Figure 7.9: Format of MTP level 3 PDU.
• Signalling Link Selector (SLS) can be used for load sharing in the signalling network.
The purpose of load sharing here is that the signalling traffic can be distributed out on
many different signalling links to avoid congestion in the signalling network.
ISUP
The ISDN Signalling User Part (ISUP) is the SS7 User Part responsible for establishing and
releasing circuit-switched connections through the telephone core network. The ISUP protocol
will not be described in details here since it is somewhat complex, but the examples in figure 7.10
should illustrate the basic use of ISUP.

(a) Successful call

(b) B-subscriber busy

Figure 7.10: ISUP examples.
In figure 7.10a) the originating local exchange starts by sending an IAM (Initial Address
Message) that contains all relevant information, including the B-number to the destination
exchange. This exchange responds with an ACM (Address Complete Message) to indicate that
it has received the necessary information, and that it will alert the B-subscriber. When the
B-subscriber answers the incoming call, the destination exchange sends back an ANM (ANswer
Message) to indicate that the call is now active. The termination of a call involves the exchange
of a REL (RELease message) and a RLC (ReLease Complete message). In figure 7.10b) the
B-subscriber is busy, which the destination exchange informs the originating exchange with a
REL message with a cause field set to ”User busy”. The originating exchange acknowledges
with the RLC message.
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SS7 example
In figure 7.11 is shown a part of a telephone network with 3 exchanges; 2 local exchanges and
one tandem exchange. The local exchanges include an SP with the indicated SPCs, while the
tandem exchange include both the SP and STP functionality. Directly between the two local
exchanges is a transmission system with some finite capacity, so if more calls are to be setup
between the two local exchanges, some of these calls (often referred to as the overflow traffic)
are routed through the tandem exchange. Note that there is no signalling link between the two
local exchanges, so all SS7 signalling has to switched through the tandem exchange.

Figure 7.11: Network for the SS7 example.
Suppose that a new call is to be setup between the two local exchanges, and that the direct
transmission system is lightly loaded. The local exchange on the left will analyse the transmission
system and observe that timeslot 4 (in this case) is available. The local exchange will create
an SS7 message with DPC=43, OPC=10 and CIC=4 and send it on the signalling link to the
tandem exchange. The CIC part of the message is related to the ressource in question, which is
here timeslot number 4. Since the DPC in the message is different from the tandem exchange’s
SPC, it will just forward it towards the right local exchange. When this local exchange receives
the message, it will note that timeslot 4 has been reserved for a call, and the ISUP data contains
further information, e.g., the number of the B-subscriber, that permits this local exchange to
continue with the setup of the call. This case is illustrated in figure 7.12.

Figure 7.12: Setup of call on the direct transmission system.
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As another example, suppose that all capacity on the direct transmission system has been
allocated to ongoing calls. If a new call is to be established between the two local exchanges,
the local exchange on the left can not allocate a timeslot on the direct transmission system, but
timeslot 20 is available on the transmission system to the tandem exchange. It will therefore
reserve this timeslot and send an SS7 message destined for the tandem exchange. The tandem
exchange will analyse the ISUP data and determine that the call needs to be setup towards the
local exchange on the right, so it will allocate a timeslot on the outgoing transmission system
(here timeslot 11) and send a new SS7 message to the right local exchange. When the latter
receives this message, it will continue with the setup of the call as before. This case is illustrated
in figure 7.13.

Figure 7.13: Setup of an ”overflow” call through the tandem exchange.
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Chapter 8

Supplementary services and
Intelligent Networks (IN)
The basic service of the telephone network is the ability to create a transparent connection
between two subscribers, which is useful for a voice conversation. Today, however, the telephone
network is also able to provide many other kinds of services to the subscribers. The term
Supplementary Services is here used to describe a service that is provided in addition to the
basic service.
The provision of supplementary service was facilitated by the introduction of SPC exchanges
in the telephone network. The previous electromechanical exchanges could not easily be ”reprogrammed” to provide new services to the subscribers, but since modern exchanges are essentially
controlled by software, it is possible to modify the control software to provide additional services.
Today, it is very important for network operators to provide supplementary services in their
networks to remain competitive. Without supplementary services, i.e., if only the basic service
of providing (simple) connections to other subscribers was available, the customers would choose
between network operators based on the price of connections alone. But providing supplementary
services in a telephone network has the following benefits for the network operators:
• Service differentiation – It allows the different operators to decide, which supplementary
services they would like to offer to their customers. In this way, the network operators can
compete, not only on the lowest price for (simple) subscriber connectivity, but also on the
availability of supplementary services.
• Increased revenue – The more services that the network operator provides, the more
traffic will be generated by the users. This in turn will hopefully lead to a higher revenue
for the network.
• Higher utilization – Since the supplementary services generate more traffic, the utilization of the network will be higher.
Some examples of supplementary services are:
• Call Forwarding – This service relates to the setup of a call and can be either conditional
or unconditional. In the unconditional Call Forwarding, all calls to a specific number are
redirected to another number. Other types of Call Forwarding can be to forward a call to a
specific number if the original B-number is busy or doesn’t answer after some time. With
the use of Intelligent Networks (see later) it is also possible to provide a more advanced
kind of Call Forwarding where the number that a call is forwarded to can depend on
additional information, such as the time of day, the number of the A-subscribers, etc.
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• Callback – where the A-subscriber, in the event that the B-subscriber is busy, can request
that when the B-subscriber is not busy anymore, the network will establish a connection
between himself and the B-subscriber.
• Conferencing calls – where a number of subscribers can call a specifc number at a certain
point in time, and in a way be connected to the other subscribers.
• Call waiting – where a special audio signal is sent to a subscriber who is currently
enganged in a conversation, to signal that another subscriber is attempting to reach him.
• Calling Line Identification Presentation (CLIP) – where the identity of the calling
subscriber is sent to the B-subscriber. This information can often be shown on a display
on the telephone.
• Wake-up – where the user is alerted at a requested time when the phone rings and a
prerecorded message is played, when the user lifts the handset.

8.1

Value added service

A subcategory of supplementary services is called Value Added Services. This term refers to
services that are not related to the setup of a call, but rather to the contents of the call.
A typical example is where the subscriber calls a specific number and is greeted by recorded
message, such as ”Welcome to XYZ-company. Press 1 for product information. Press 2 for
product support. . . . ”. The subscriber is then able to navigate through the different choices to
obtain the specific information or service that he requests.

8.2

Implementation of supplementary services

The implementation of supplementary services in the telephone network has evolved through a
number of stages, as illustrated in figure 8.1.

Figure 8.1: Evolution in the way that supplementary services are implemented.
Initially, both the basic service and any supplementary services were provided by the (human)
telephone operators. Later with the introduction of automatic exchanges, the basic service was
provided by the exchanges, while any supplementary services was still provided by telephone
operators. With the introduction of SPC exchanges, some of the simpler supplementary services,
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e.g., the Wake-up service, could be provided by the telephone exchanges automatically, while
more complex services, e.g., directory inquiries, would still need to be provided by telephone
operators. Today, with the introduction of the Intelligent Network (IN) concept (see later) most
service can be provided automatically by the IN platform, and only very specialized/complex
service would require the assistance of a telephone operator.
When a new service is introduced in a telephone network, it can be implemented in two
ways:
• Distributed implementation – where the service logic is implemented in each telephone
exchange. When a subscriber uses the service, he therefore interacts directly with his local
exchange. The advantage of this approach is that the service is provided close to the
subscriber, while the disadvantage is that the implementation of the service requires a
modification of the software in every local exchange. Furthermore, if the network operator
does not use the same type of local exchange everywhere in his network, the service logic
must be adapted to the different kinds of local exchanges, which will be time consuming
and increase the development costs.
• Centralized implementation – where the service logic is stored on a central server. The
advantage is that the service logic is independent of the different types of local exchanges,
but the disadvantage is an increased load on the signalling network, which is used for
the communication between the local exchange and the central server. Furthermore, one
server may provide a number of services, so the load on the server must be monitored.
A distributed implementation is suitable for simple supplementary services, such as unconditional call forwarding, callback and wake-up, while a centralized implementation is normally
used today for more complex services.

8.2.1

Examples of implementation of distributed services

Unconditional Call Forwarding
In the unconditional Call Forwarding supplementary services, all calls to a specific B-number are
automatically redirected to another number. This supplementary service can be implemented
with SS7 signalling, as illustrated in figure 8.2.

Figure 8.2: Implementation of a Call Forwarding supplementary service using SS7.
Initially, a subscriber connected to the B-exchange has requested that all incoming calls
should be forwarded to a specific number belonging to the C-exchange. When an IAM message

54

arrives at the B-exchange and is processed by the ISUP entity, the exchange will notice that the
specific user has requested that all calls are forwarded to another exchange. The ISUP entity
therefore generates a new IAM message, which is sent to the C-exchange. The B-exchange
also returns an ACM message to the A-exchange. Later, when the ACM message from the
C-exchange is received by the B-exchange, it will send a CPG (Call ProGress message) back
to the A-exchange to inform, that the subscriber is now alerted. When the subscriber answers,
ANM messages are sent all the way back to the A-exchange, and the call is now established.
A problem that might occur in the implementation of an unconditional Call Forwarding
service is the risk of a ”call-loop”. Suppose that subscriber A has forwarded all incoming calls
to subscriber B, which in turn has forwarded all calls to subscriber C, which has forwarded
all calls to A. Attempting to setup such a call would quickly allocate all available resources
(timeslots) between the involved exchanges, so the IAM message contains a field that indicates
how many times a call has been forwarded. In this way, an exchange can refuse to forward a
call attempt if it has already been forwarded too many times.
Callback
In the Callback supplementary service, the A-subscriber is initially informed that the B-subscriber
is busy. If the A-subscriber then presses a key on his telephone, the A-subscriber will be called,
when B is not busy anymore. An example of the implementation of this service is illustrated in
figure 8.3

Figure 8.3: Implementation of the Callback supplementary service.
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8.3

Intelligent Networks (IN)

The Intelligent Networks (IN) concept was specified by ITU-T and provides a framework for
the implementation of centralized supplementary services. The IN concept introduces some
additional functional elements to the telephone network, as illustrated in figure 8.4, and described
in more details below.

Figure 8.4: Functional elements in the IN architecture.
The communication between the functional elements in the IN framework uses the SS7
signalling network.

8.3.1

Service Switching Point

The Service Switching Point (SSP) is implemented in some telephone exchanges, and provides
the switching functionality for the implementation of an IN service. The idea is that the SSP
contains a finite state machine that is related to one instance of an IN service. When the calling
subscriber dials an IN number, the telephone network will route the call to the corresponding
SSP. When a call attempt arrives at the SSP, it will communication with the SCP functional
element. The SSP will send information such as A-number and B-number to the SCP and later
receive information about how to setup the call further.

8.3.2

Service Control Point

The Service Control Points (SCP) contains the scripts that implements a specific IN service.
When the information about a new IN-call arrives from the SSP, the SCP will execute the
corresponding script, and the result of this script, which can be another telephone number, is
returned to the SSP. In a small network, the SSP and the SCP may be implemented together,
and the functional element is then called a Service Switching and Control Point (SSCP).

8.3.3

Intelligent Peripheral

An Intelligent Peripheral (IP) provides the ability to play out voice announcements, e.g., ”Welcome to Company XYZ”, and to receive DTMF tones. The IP is therefore used to interact
directly with the subscriber.
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8.3.4

Service Management Point

The Service Management Point (SMP) (not shown in figure 8.4) provides the functionality to
supervise and manage the difference IN services. In this way, the network operator can collect
statistical information about the use of the different IN services, which can be used to ensure
that the load on the SCP is not exceeding predetermined limits.

8.3.5

Service Creation Environment

The development of new IN services consists of creating a program (script) that will be executed
by the SCP when the service is requested. To facilitate the development of new IN services, the
Service Creation Environment (SCE) often allows the service developers to use a graphical user
interface and Service Independent Buildingblocks (SIBs) to create the service script that will be
stored in the SCP.
The concept of Service Independent Buildingblocks is to provide a number of simple functions
that can be combined to make a script that is executed by the SCP when the service is invoked.
Some examples of SIBs that are defined in the first evolution of the IN-concept are:
• ALGORITHM – which can be used to increment or decrement a counter. This SIB is
useful in a Televoting service.
• COMPARE – which can be used to compare two values, and provide an output that
describe, whether the first value is greater than, equal to or less than the second value.
This SIB can be used in services that, for instance, depends on the time of day.
• QUEUE – which can be used to queue IN-calls, which is not possible with traditional
PSTN-calls.

8.3.6

IN example

An example of an IN service implementing a conditional call forwarding service is described next.
Suppose a company has a number of regional offices and would like that a customer is served by
the nearest regional office during normal office-hours. Each office already has a traditional phone
number that reflects the geographical location, but to provide the specific service, the company
would also get an IN number for this purpose. In addition, the company would also like that
calls made in the evening should all be handled by the main office. If a customer attemts to
call the company after some predefined time, e.g., after 10 PM, or in weekends, the customer be
able to record a message that the company’s staff will listen to on the next business day.
When a customer dials this IN number, the network recognizes the number as an IN number
and routes the call to an SSP. The SSP collects call-related information such as A-number and
B-number and sends this information to the SCP. The SCP will execute a script similar to the
one in figure 8.5, and the result, i.e., the information that is needed to continue with the setup
of the call, is sent to the SSP. The SSP will continue with the setup of the call, which will go
the voice mail, the main office or one of the regional offices, depending on the day of the week,
the time of the day and the location of the A-subscriber.
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if DayOfWeek in {Saturday,Sunday} Then
result = VoiceMail
else if (TimeOfDay < 9.00) OR (TimeOfDay > 22.00) Then
result = VoiceMail
else if (TimeOfDay > 17.00) Then
result = MainOffice
else if (A-number in RegionA) Then
result = OfficeRegionA
else if (A-number in RegionB) Then
result = OfficeRegionB
...
Figure 8.5: Example of an IN-script
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Appendix A

Digitalization
The digitalization of the telephone network started in the 1970’ies in the core network to replace
the previous FDM systems that was used between the exchanges. Processing telephone calls in
digital form is more efficient in this way.
However, this requires that at some place in the telephone network that the analog signals
are converted into digital signals. Today, for the traditional PSTN this digitalization of the voice
signals is done at the LICs in the local exchanges, while the digitalization has been moved all
the way to the subscriber’s premises in N-ISDN.
Regardless of where this digitalization takes place, the purpose is to transform an analog
signal into a digital signal. This appendix will give a basic description of this procedure, while
a more detailed description will be given later in this course. As shown in figure A.1, the input
to the digitalization is an analog signal, which can be any value (usually between some upper
and lower limit), and also that the analog signal is defined for all time.

Figure A.1: Digitalization
The principle of digitalization involves two steps:
1. Sampling of the analog signal.
2. Quantization of the samples from the previous step.
The result of the digitalization is that the original analog signal is converted into a stream of
bits.

A.1

Sampling

Sampling is the process of measuring the input signal (the analog signal) at periodic intervals.
Figure A.2(a) shows a simple analog signal consisting of a single frequency, and the sampling of
this signal is illustrated in figure A.2(b).
At the receiving end, the digital signal must be converted back into an analog signal so that
the subscriber will hear the voice conversation. This is is often called reconstruction of the
analog signal. Ideally, the reconstructed analog signal should be identical to the original analog
signal, but this is only possible if the sampling procedure obeys some mathematical property.
A famous theoretical result that is often attributed to the scientist Harry Nyquist states, that
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(a) Original analog signal.
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(b) Original signal with samples.

Figure A.2: Sampling of an analog signal.

60

if an analog signal is to be sampled and later reconstructed, the sampling frequency (i.e., how
often the original analog signal is measured) must be higher than twice the highest frequency
in the original analog signal. In the case of the telephone network, it was described in chapter 2
that the telephone network is capable of transferring the frequency range 300 – 3400 Hz, so by
using Nyquist result, the sampling frequency in the telephone network should be bigger than
2·3400 Hz = 6800 Hz. For practical reason, the sampling frequency is selected somewhat higher,
i.e., fsampling = 8000 Hz.
This means that in the telephone network, an analog signal (typically a voice signal) is
measured 8000 times per second. Each measurement is called one sample.

A.2

Quantization

After sampling, the each sample is converted into a block of bits, which in the telephone network
consists of 8 bits. With 8 bits it is possible to represent 28 = 256 different values, but since the
samples could be any value this means that the samples are rounded-off to the nearest of the
256 different values. This process is called quantization.
Since the samples are rounded-off to the nearest of the 256 possible digital values, the
reconstruction at the receiver will only be able to generate 256 different analog values, so the
process of quantization introduces an error, which is normally referred to as quantization error.
Fortunately, in the telephone network this error is generally not noticeable.
Figure A.3 illustrate the sampling and quantization of a simple sine-signal. The sine-signal
is sampled with the same sampling interval, but in figure A.3a the number of quantization
intervals is just 4. It is easy to see that there’s a significant different between the original signal
and the ”stair-case” graph that represents the reconstructed signal; this difference represents
the quantization error. If the number of quantization intervals is increased to 16 as shown in
figure A.3b, the reconstructed signal follows the original signal much closer. It would seem that
the quantization intervals should be as small as possible, but unfortunately this increases the
number of bits required to contain a quantizied sample. With k bits it is possible to represent
2k different values.

A.3

Bit rate of a digitized signal

When an analog signal is converted into a bit stream, the resulting bit rate can be converted as
the product of the number of samples generated per second times the number of bits that each
sample is converted into.
For the traditional telephone network, the sampling frequency is 8000 Hz, i.e., the signal is
sampled 8000 times per second. Since each sample is converted into an 8 bit block, the bit rate
of a digital signal in the telephone network is:
8000 samples/s · 8 bits/sample = 64000 bps = 64 kbps.
Another example is the digitalization used for music CDs. Here, the sampling frequency is
44100 Hz and every sample is converted into a 16 bit block. Since there’s also two channels (left
and right), the bit rate of a sampled stereo music signal in CD-quality is:
2 channels · 44100 samples/s · 16 bits/sample ≈ 1.4 Mbps.
As described in the previous section, the number of quantization intervals affect the number
of bits used to store a sample. Since the emphasis in the case of music CDs is to reproduce the
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(a) 4 quantization intervals

(b) 16 quantization intervals

Figure A.3: Effect of the size of the quantization intervals.
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original music as closely as possible, the CD-system uses 16 bits, i.e., the number of quantization
intervals in the CD-system is 21 6 = 65536, which makes each suitably small in order to reduce
the quantization error. In the case of the telephone network, only 8 bits are used (i.e., 256
different quantization intervals) but the emphasis here is more to reduce the bitrate, i.e., the
capacity required inside the network to transfer the information.

A.4

Reconstruction of the analog signal

The reconstruction of an analog signal involves a translation of the binary blocks into samples.
The sampled signal is then filtered through a suitably selected low-pass filter, which results in
the original analog signal, with the addition of some quantization noise. The mathematical
details of this is not discussed here.
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Appendix B

Acronyms
AC
AMI
AP
ATM
BIB
B-ISDN
BRA
BSN
CAS
CCS
CCSS7
CK
CS
DC
DPC
DTMF
ETC
FAS
FIB
FISU
FSN
IN
IP
ISDN
ISUP
ITU-T
LAPD
LIC
LI
LSSU
MSU
MTP
N-ISDN
NT1
NT2

Alternating Current
Alternate Mark Inversion
Application Part
Asynchronous Transfer Mode
Backward Indicator Bit
Broadband Integrated Services Digital Network
Basic Rate Access
Backward Sequence Number
Channel Associated Signalling
Common Channel Signalling
Common Channel Signalling System no. 7
Check Bits
Control Store
Direct Current
Destination Point Code
Dual Tone Multi-Frequency
Exchange Termination Circuits
Frame Alignment Signal
Forward Indicator Bit
Fill-In Signal Unit
Forward Sequence Number
Intelligent Networks
Intelligent Peripheral
Integrated Services Digital Network
ISDN User Part
International Telecommunication Union - Telecommunications standardization sector
Link Access Procedures on the D-channel
Line Interface Card
Lenght Indicator
Link Status Signal Unit
Message Signal Unit
Message Transfer Protocols
Narrowband Integrated Services Digital Network
Network Termination 1
Network Termination 2
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OPC
OSI
PCM
PRA
PSTN
RSS
RSU
SCCP
SCE
SCP
SDH
SIB
SIF
SIO
SLS
SMP
SPC
SPC
SP
SS7
SSP
SS
STP
TA
TDM
TE
TUP

Originating Point Code
Open Systems Interconnection
Pulse Code Modulation
Primary Rate Access
Public Switched Telephone Network
Remote Subscriber Stage
Remote Switching Unit
Signalling Connection Control Part
Service Creation Environment
Service Control Point
Synchronous Digital Hierarchy
Service Independent Building blocks
Signalling Information Field
Service Information Octet
Signalling Link Selector
Service Management Part
Signalling Point Code
Stored Program Control
Signalling Point
Signalling System no. 7
Service Switching Point
Speech Store
Signalling Transfer Points
Terminal Adapter
Time Division Multiplexing
Terminal Equipment
Telephony User Part
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