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”Before anything else, preparation is the key to success.”

- Alexander Graham Bell -
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Foreword

This book deals with some important issues concerning digital telephone and data networks. The approach

is more from a practical perspective, without neglecting the theoretical analysis of the considered aspects.

Specifically, the book proposes a combination of theory, exercises and practical applications that are especially

useful for students undergoing telephony or data communications courses, but the book can be useful to all those

interested in the field of telecommunication. The practical applications, discussions and exercises presented are

designed in a way that will help to understand and deepen the theoretical aspects.

The issues covered are grouped into 8 chapters, each chapter consisting of a brief introduction, which briefly

explains the aims pursued, a theoretical part, the presentation of some equipment and/or software, by which

the theoretical aspects considered can be tested/experimented, and the description of a practical application

followed by a selection of questions and exercises that can help to better understand the theoretical and practical

aspects dealt with. A brief description of these chapters is as follows:

Chapter 1 deals with a number of issues related to subscriber access to a telephone network, being considered

issues related to terminal remote power feeding, duplex transmission, and signaling on the subscriber loop.

Chapter 2 presents a number of issues regarding the telephone subscriber terminals. Schematic block

diagrams, simplified electrical diagrams and configuration methods for more complex electronic telephone

terminals are presented and discussed.

Chapter 3 is dedicated to the mathematical modeling of telecommunication cables, of crosstalk affecting the

transmissions on these type of channels, and the presentation of more relevant practical aspects related to the

internal structure of telecommunication cables.

Chapter 4 deals with practical aspects as well as some theoretical aspects related to the wiring of telephone

and data networks. Connection and protection equipment are briefly described, as well as the rules underlying

the installation of cables in the aforesaid connection equipment.

Chapter 5 shows how to define important concepts for telephone and data networks, such as signal levels,

attenuation/signal loss inserted by circuits, transmission chain reference points, noise level assessment, etc.

Chapter 6 is dedicated to voice coding techniques used in commercial and in special telephone networks.

More specifically, Pulse Coded Modulation and Delta Voice Coding techniques are considered, the focus being

on the digital implementation methods and evaluation of the quality indicators of the transmissions that uses

the considered voice coding techniques.

Chapter 7 deals with a number of theoretical and practical aspects of data transmissions in telephone band,

namely FAX transmissions and dial-up data transmissions, being also considered some aspects of telephone

answering machines. The chapter also presents some concrete examples of equipment and software that can

be used to achieve these transmissions and step-by-step configuration of these equipment. Even though the

configuration issues are specific to some specific equipment, the presentation is trying to identify the ”essential”

issues related to the configuration of FAX and modem equipment, resulting in some degree of generality, which

is also useful for configuring other equipment.

Chapter 8 is dedicated to digital broadband access techniques on the subscriber loop, specifically ADSL

access techniques. The basic theoretical aspects regarding ADSL and ADSL2+ transmissions are addressed and

some ADSL equipment from the user side and the local exchange are presented. The chapter briefly presents the

configuration steps of these equipment, but at the same time touches the essential aspects of these operations.
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Just as in the chapter dedicated to data transmissions in the telephone band, the result is also a certain degree

of generality of configuration operations, which is very useful for configuring other ADSL devices.

The authors would like to thank colleagues and all those who contributed directly or indirectly to the

appearance of this book.
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Chapter 1

Analogue access in the telephone

network

1.1 Introduction

The chapter aims at presenting the essential aspects related to the access in the telephone network,

considering various elements related to this issue, such as: remote power feeding of the subscriber terminals,

duplexing techniques, block diagram of a telephone device as well as a local telephone exchange (the access

point to the telephone service), signaling processes taking place between the telephone device and the local

telephone exchange. Specifically this chapter proposes the study of analogue access techniques, still widely

used in telephone networks. This choice is also motivated by ”learning” aspects, making it easier for the

students to understand a signaling process based on analog signals that can be viewed on an oscilloscope than

a more abstract process based on digital symbol sequences (bit sequences). The issues related to remote power

feeding of subscriber terminals, the implementation of duplex transmissions, the logic diagram of the signaling

process between the telephone device and the telephone exchange are also common to the digital access

techniques.

1.2 Transmission on the subscriber loop

The use of an analog transmission on the subscriber loop (the channel between the subscriber and the local

exchange on twisted wires) is the simplest way to access the telephone network. This mode of access is

characteristic to Plain Old Telephone Service (POTS) analogue telephone networks, but is also widespread in

digital telephone networks due to its simplicity. The main characteristics of the analogue access are the

following: [1] [2] [3]:

• frequency band: 300Hz − 3400Hz;

• 2 wire access - 2-wire full duplex transmission;

• remote power feeding from the local exchange at a voltage of Vsupl = −48V cc;

• DC current through the subscriber loop Iloop = 20− 50mA.

The phone’s power supply voltage drops to 10− 20V (or to a lower value if the length of the subscriber loop

is great) when the phone becomes active and the subscriber loop is closed, the DC resistance of a telephone

device being hundreds of Ω (a disc phone has a DC resistance of ≈ 850Ω).

Note: the power supply voltage on the subscriber loop may be less than 48V for PBXs (Private Branch

Exchanges) due to significantly shorter subscriber loops (lengths of subscriber loops of tens of meters, possibly

a few hundred meters in some cases).
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Figure 1.1: The power feeding circuit of the telephone device and its equivalent diagram.

Note: the analog phone can also be powered from a local power source (battery), but this is not common for

public telephone networks. Local power (with a power adapter) is used for more complex phone devices, such

as digital phones, faxes, auto-answer machines or cordless phones, or for data transmission equipment, such as

dial-up modems, which require a greater power than that provided on the subscriber loop.

Note: the bandwidth of the channel implemented on twisted wires is much larger than the telephone band,

limiting the voice transmission to this band is usually done in the local exchange or even in the telephone device.

For this reason, broadband digital transmissions (like xDSL transmissions), that require a significantly wider

bandwidth than the bandwidth of the telephone channel, can be performed on the subscriber loop.

In order to ensure the supply voltage on the subscriber loop, there is a need for a power feeding circuit

(located in the telephone exchange) [1] [2] [3], the simplified diagram of this circuit being presented in Fig.

1.1. In addition to supplying the voltage to the telephone device, this circuit must provide the following signal

separations: the DC supply voltage must be separated from the telephone exchange circuits, which is ensured

by the capacitors C1 s, i C2 having the capacity C = 2µF ; the separation of the transmitted signal on the

subscriber loop from the power supply in the telephone exchange must also be achieved as the DC voltage

source short-circuits the signal at the input of the telephone exchange. In addition, the separation from the

signal ground of the exchange must be achieved as well in order to ensure on the subscriber loop a differential

transmission, necessary for rejection of common mode noise. Separation from the voltage source and the signal

ground is achieved by means of coils L1 and L2 with inductance L = 0.5H. These coils are also part of the

subscriber relay, which has the role of sensing the closing or the interruption of the subscriber loop. If we see

the telephone device as a signal source and the exchange circuits as a load, the power feeding circuit can be

equated with a high pass filter (HPF) with cutting frequency ft = 300 − 400Hz (see Fig. 1.1). This explains

the lower limitation of the telephone band.

The upper limit of the telephone frequency band (much lower than the upper limit of the voice signal

band ≈ 20kHz) was chosen based on the characteristics of the frequency spectrum of the voice signal and the

bandwidth limitations. The bandwidth of the telephone channel is particularly important in carrier systems

(systems which connect switching nodes) where high spectral efficiency is required. A value of the upper limit

of the telephone frequency band ≈ 4kHz provides a reduced bandwidth in terms of an acceptable quality of the

telephone connection (to ensure the intelligibility of the conversation and the speaker identification).

The two-wire duplex transmission on the subscriber loop also raises several issues, namely [1] [2] [3]:

• the telephone device is working inside on four wires, that is, there is a separate microphone circuit and a

separate speakerphone/headphone circuit (see Fig. 1.2), which means that there is a need for a circuit that

achieves the transition from 4-wire full-duplex transmission to 2-wire full-duplex transmission. The 2-wire

transmission on the subscriber loop is explained by economic reasons, the total length of the subscriber

loops consisting of copper wires from a telephone network being very large.

• digital switching and digital coded voice transmission between the telephone exchanges is done on 4

wires, which means that the transition from the 2-wire full-duplex transmission to the 4-wire full-duplex

transmission must be done in the local telephone exchange to which the subscriber is connected - see Fig.

1.3 (El - local exchange; Et - transit exchange) [4] [5].
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Figure 1.3: Telephone connection established in a digital network.

The devices that perform the transition from 2-wire transmissions to 4-wire transmission are the so-called

hybrid transformers, which have to provide a high (theoretically infinite) attenuation between the transmission

paths of the 4-wire circuits.

The transition from 2-wire transmission to 4-wire transmission can not be achieved ideally, i.e. the

separation of the paths of the 4-wire circuits (i.e. reception and transmission paths) is not ideal, which causes

the phenomenon of echo, a very annoying phenomenon for both voice and data transmissions in the telephone

network.

Note: ”more special” analog phones connected to PBX exchanges can work full-duplex on 4 wires on the

subscriber loop, the reduced length of the subscriber loop in this particular case permitting this mode of

operation.

Note: digital phones (e.g. ISDN phones) usually work full-duplex on 4 wires. These phones connect to a

PBX or a network terminator located in the proximity of the phone. But there are also digital phones that

work full-duplex on 2 wires.

1.3 The hybrid transformer

It is one of the most important components of a telephone network, being largely responsible for echo and

circuit stability. The role of this circuit is to ensure the interfacing between two different transmission systems,

namely a 2-wire full-duplex system and a 4-wire full-duplex system [1] [2] [4] [5]. The hybrid transformer, also

called differential or duplex system, is a circuit characteristic not only to telephone systems but also to other

systems or equipment where separation of transmission and reception paths is required. For example, a radio

transmitting equipment that uses the same antenna for both transmission and reception will require such a

hybrid transformer to separate the output of the transmitter from the receiver amplifier input. Considered as

a quadriport, the hybrid transformer has a bidirectional port (1 - 1 ’), which provides the connection to the

2-wire line, a balancing port (2 - 2 ’), where the balancing impedance is connected, ZB , and two unidirectional

ports that connect to 4-wire circuits, (3-3’) - reception port and (4-4’) - transmission port. The circuit can be

characterized as any quadriport, but in the case of a transmission system the most important parameters will

be [2] [4]:

• attenuation between ports (3 - 3 ’) - (4 - 4’), i.e. the attenuation between the reception and transmission

paths in the 4-wire loop. This attenuation must be as high as possible (ideally infinite) and in real circuits

it has values of 20 − 30dB. This attenuation represents the return loss of the hybrid transformer that
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Figure 1.5: Hybrid transformer used in a rotary dial phone.

depends on the transformer’s parameters and its balance. By reciprocity, the same attenuation must be

ensured between the ports (1 - 1 ’) - (2 - 2’), but this attenuation is less important.

• attenuations between ports (3 - 3) - (1 - 1 ’) and (1 - 1) - (4 - 4’), i.e. the attenuation between the

reception path of the 4-wire circuit and the 2-wire circuit and the attenuation between the 2-wire circuit

and the transmission path of the 4-wire circuit. These attenuations have to be as small as possible, being

usually 3dB in the case of a hybrid transformer with a symmetrical structure due to the equal division of

power received at a port of the hybrid transformer at the adjacent ports. By reciprocity the attenuation

between ports (2 - 2 ’) - (4 - 4’) is equal to the attenuation between the ports (1 - 1’) - (4 - 4’) and the

attenuation between ports (3 - 3’) - (2 - 2’) is equal to the attenuation between ports (3 - 3’) - (1 - 1’).

• input/output impedances at ports (1 - 1 ’), (3 - 3’), (4 - 4 ’), important in terms of impedance matching

between the hybrid transformer and the 2-wire and 4-wire circuits.

In the case of a digital telephone network with analogue access, the hybrid transformer can be found in the

telephone devices and in the subscriber interfaces of the local telephone exchanges. In the case of telephone

devices, the hybrid transformer has the function of separating the microphone circuit from the speaker circuit,

eliminating (or reducing) the side effect (the coupling between the microphone and the speaker circuit). In Fig.

1.5 the schematic diagram of a hybrid transformer used in a rotary dial telephone is presented, and Fig. 1.6

shows the equivalence between the ports of this hybrid transformer and those of a general hybrid and how it

connects the microphone and diffuser circuits to this general hybrid transformer [2] [4] [6].

The hybrid transformer shown in Fig. 1.5 is built using a transformer with center tap. This transformer is

characterized by the following parameters: inductances of primary windings Lp1 and Lp2, inductances identical

and equal to Lp, coupling inductance between primary windings Lcp, inductance of secondary winding Ls,
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Figure 1.6: The separation of the microphone and the speaker circuit using a hybrid transformer.

coupling inductances between primary windings and secondary winding, Lc1 and Lc2, identical inductances

equal to Lc.

It is of interest establish the balancing condition and calculate the return loss of this hybrid transformer,

which is why it is considered a voltage source V connected in place of the microphone, the load impedance ZL

connected in place of the speaker, impedance Zl connected in place of the subscriber loop and the ZB balance

impedance connected to the corresponding terminals. The primary windings are traversed by currents I1 and

I2, and the secondary winding by current I, as shown in Fig. 1.5. Considering for the simplification of relations

a zero resistance of all windings, the following equations are obtained:

V = (ZB + jωLp) · I2 − jωLcp · I1 − jωLc · I = (Zl + jωLp) · I1 − jωLcp · I2 + jωLc · I (1.1)

(jωLs + Zs) · I + jωLc · (I1 − I2) = 0⇒ I = (I1 − I2) · jωLc
jωLs + Zs

= (I1 − I2) ·K (ω) (1.2)

Based on previous equations, the relationship between the currents I1 and I2 can be found:

I2
I1

=
Zl + jωLp + jωLcp − j2ωLc ·K (ω)

ZB + jωLp + jωLcp − j2ωLc ·K (ω)
(1.3)

The hybrid transformer is in balance if the current I is zero, that is, we do not have signal in the secondary

winding, condition fulfilled if I1 = I2. From the above relation results that the equality of currents I1 and I2

draws the equality of Zl = ZB , which is the balance condition of the hybrid transformer in question.

The hybrid transformer return loss is given by the relation arloss = V
VL

, where VL is the voltage on the

impedance ZL in the secondary winding. Based on previous relations and under simplifying conditions Lcp =

Lp = Lc = Ls = L the following equation is obtained:

arloss =
jωL · (ZB + Zl) + ZB · Zl · (jωL+ Zs)

jωL · Zs · (ZB − Zl)
(1.4)

If we have the balancing condition Zl = ZB (in the entire frequency band of the signal) then arloss → ∞
and we have an ideal separation of the microphone and speaker circuit, that is, we have a total suppression of

the side effect.

The hybrid transformer presented is a solution for separating transmission and reception circuits in a

telephone device where is no need for a very strong separation of the mentioned circuits (i.e., no very precise

hybrid balancing is required), where common paths between different ports are admitted and where is no need

for galvanic separation between the telephone line and the internal circuits of the equipment.

Taking into account the relatively light conditions imposed on the hybrid transformer in the phone device,

regarding the separation of the different circuits connected to it, it is possible to design a simpler hybrid that

does not include coils or transformers. Such a hybrid is usable in electronic telephones, where the use of coils

and transformers (coils and transformers that work at low frequencies have a large physical size) is not a good

solution because of the reduced physical size of these phones. Such a hybrid diagram is shown in Fig. 1.7
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[2] [4]. This hybrid is actually a Wheatstone bridge, which in balance ensures the separation between the

circuits connected to its diagonals. The ZB balancing impedance consists of an R-C group, corresponding to

the capacitive impedance of the telephone line in the telephone band.

In balance conditions no current has to pass through the receiver (I = 0), which entails the following relations

between the currents of the branches of the bridge: I11 = I12 = I1; I21 = I22 = I2. A zero current through the

receiver means a zero potential difference, that is, VC−D = 0 ⇒ VA−C = VA−D. From the above results the

following equations, including the condition of the bridge balance.

VA−B = I1 · (R1 + ZB) = I2 · (R2 + Zl) ; VA−C = I1 ·R1 = VA−D = I2 ·R2 (1.5)

From the previous equation results the balance condition:

I1
I2

=
R2

R1
=

R2 + Zl
R1 + ZB

⇒ R1

R1 + ZB
=

R2

R2 + Zl
(1.6)

In the subscriber interfaces of local telephone exchanges it is necessary to use more complex hybrid

transformers, which besides the interfacing between the 4-wire circuit and the 2-wire circuit must also ensure

the galvanic separation of the circuits. An electronic hybrid transformer diagram usable in the subscriber

interfaces of telephone exchanges is shown in 1.8 [7]. Transformers T4r, T4t and T2 provide galvanic separation

of the hybrid between 4-wire and 2-wire circuits. In the case of a digital telephone exchange, where the hybrid

transformer connects the subscriber line and the PCM encoder, respectively PCM decoder, transformers T4t

and T4r may be missing, not being necessary a galvanic isolation between the hybrid transformer and the

PCM coder/decoder. The effective balance bridge is made up of resistors R1, R2, impedance ZB and

impedance Zr−l, that is the subscriber line impedance reflected into the T2 transformer primary winding,

impedance given by the equation:

Zr−l =

(
n1
n2

)2

· Zl (1.7)

The balancing bridge is identical to that used in electronic phones (see Fig. 1.7) and the balancing condition

of the bridge will be:

R1

R1 + ZB
=

R2

R2 + Zr−l
(1.8)
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1.3.1 Schematic block diagram of an analog telephone

An analog telephone is made up of four basic blocks [2] [3] [4]:

• the hook switch, which establishes the state of the device, which may be active (OFF-HOOK) or inactive

(ON-HOOK).

• the dialing circuit that encodes and sends the called number to the PBX. The number can be coded using

two techniques, namely pulse dialing or DTMF tone dialing (Dual Tone Multiple Frequency).

• the ringer circuit, which may be electromagnetic or electronic. This circuit alerts the user when a phone

call is received.

• the voice/speech circuit, including the microphone, headphone/speaker, possibly microphone and speaker

amplifiers and a hybrid transformer that separates the two circuits. The voice circuit ensures the acoustic

signal - electric signal conversion and vice versa, the electric signal - acoustic signal conversion.

The schematic block diagram of the telephone in question is shown in Fig. 1.9, where we can also see the

names of the wires of the pair representing the subscriber loop as well as the remote power feeding of the device

[2].

In Fig. 1.9 the hook switch is represented by the switches HSW1 and HSW2 and the dialing circuit

is represented by the switch Cdial (pulse dialing is supposed) and SWprot. The hook switch is driven by a

mechanical system (or optical system in some newer phones) that detects whether the handset is lifted or not.
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Figure 1.10: Schematic block diagram of a local exchange.

In inactive state, the HSW1 switch is closed and connects the ringer to the telephone line through capacitor

C, which blocks the DC voltage from the line to the ringer. The HSW2 switch is open and disconnects the

voice circuit and the dialing circuit from the telephone line. In the active state, the HSW1 switch is open and

disconnects the ringer from the line, and the HSW2 switch is closed and connects the voice circuit and the

dialing circuit to the telephone line. Dialing pulses are generated by switch SWdial, controlled by a mechanical

timer (rotary dial) or an electronic one (in electronic phones), and during dialing switch SWprot is open and

protects the voice circuit against the pulses generated during the dialing process. During the call, the switch

SWdial is open and the SWprot switch is closed and feeds power to the voice circuit.

1.3.2 Schematic block diagram of a local exchange

The block diagram of Fig. 1.10 shows the main blocks/modules of a local telephone exchange (CO - Central

Office) or PABX (Private Automatic Branch Exchange) to which subscribers are connected [8].

From the point of view of network access of the subscribers, the following modules should be mentioned:

• the main distribution frame, which represents a connection panel where the twisted wires of the subscriber

loops are connected. This panel allows connecting/disconnecting the wires (pairs), isolating them in case

of failure or during maintenance work and for performing measurements.

• the line unit, which includes overvoltage/overcurrent protection equipment, hybrid transformers, power

supply circuits, filters, amplifiers, PCM encoders/decoders.

• the power supply block, which includes DC voltage generators that provide remote power feeding of the

telephone terminals.

• signal generator that generates signals/tones used in access and supervision signaling on the subscriber

loop.

• signal/tone detectors, which detect the loop current and the signals/tones generated by the telephone

device in the access signaling and address signaling processes that take place on the subscriber loop.

• the signaling block, which controls the signaling processes that take place on the subscriber loop. This

block selects the signals that are sent to the telephone device in different phases of the signaling processes,

respectively interprets the signals (or signal changes) generated by the telephone device during the different

signaling processes.
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1.4 Signaling on the subscriber loop

The signaling that takes place on the subscriber loop (between the telephone and the local exchange or PBX)

can be divided into four major categories. [2] [3] [4]:

• access signaling: informs the local exchange (Central Office -CO)/PBX exchange about the status of the

telephone terminal. In the case of analog access, the signaling used is of loop start type and consists

of the detection of the current Iloop on the subscriber loop. If the phone is in active state, the circuit

formed by the voltage source in the exchange, the telephone line and the telephone device is closed and a

current detector in the exchange detects the loop current Iloop. If the phone is in the inactive state then

the current does not pass through it (see the block diagram of the telephone device - Fig. 1.9) and we

have no loop current. If the active state of the phone is detected (transition to the active state can be

interpreted as a request for access in the network) then the local exchange responds with the dial tone,

if there are resources available in the network to continue the call (i.e. the access request is accepted),

or with the busy tone, if there are no resources to continue the call or if the phone is locked for some

reason (i.e. the access request is rejected). The dial tone usually is a continuous sinusoidal signal with

frequency f = 400− 420Hz, and the busy tone usually is a discontinuous sinusoidal signal with frequency

f = 400− 420Hz and the timing 0.5s ON - 0.5s OFF. The amplitude of the mentioned tones is ≈ 0.5V .

In some networks other signals can be used to ”encode” the states of acceptance or rejection of the access

request of the telephone terminal in the network.

• address signaling: consists of sending the called number to the local exchange - see details below.

• alert signaling: informs the telephone terminal about the reception of a call, that is to say, it is the

signaling that causes the phone to ring. In the case of analogue access, the local exchange sends to the

telephone terminal a signal that is applied to the ring circuit (see the schematic block diagram of the

telephone device - Fig. 1.9). The ring signal is usually a sinusoidal signal or an amplitude modulated

sinusoidal signal. The signal frequency is f = 20− 40Hz, and the amplitude is A = 80− 150V , which can

generate interference (noise pulses) in neighboring pairs. The ring signal timing is usually 2s ON and 4s

OFF, but it depends on the local exchange.

• supervisory signaling: informs the subscriber about the status of the ongoing call. If the called subscriber

is busy or the call does not pass due to network problems (congestion, faulty circuits, etc.)then the calling

terminal receives a busy signal. If the call goes through and the called terminal receives the call then the

calling terminal receives the ring back tone, which is an intermittent sinusoidal signal (or a modulated

sinusoidal signal), but which differs from the busy tone. The ring back tone is generated by the local

exchange where the called subscriber is connected and depends on the exchange. The timing of the ring

back tone is, usually, identical to the timing of the ring signal. Special tones (e.g. faulty line, congested

circuits, non-existent number, etc.) are part of the supervision signaling, the subscriber being informed

about the reason for not being able to make a phone call. In some networks, the special tones are replaced

by the busy tone.

1.4.1 Address signaling

The address signaling consists of encoding in a certain format and transmitting to the local exchange the number

of the called subscriber. In the case of analogue access, the numbers/symbols of the telephone number (or the

identifier of a terminal, equipment or service) can be encoded by a sequence of pulses (pulse method) or by a

combination of tones (DTMF - Dual-Tone Multi-Frequency method).

Pulse signaling

Each digit in the dialed number is encoded by a number of pulses [2] [4]. The pulses are generated by interrupting

the subscriber loop for a short period (Iloop = 0) - see Fig. 1.11. For each digit, the number of impulses is equal
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Figure 1.11: Pulse dialing.

to the value of the digit, except for the number 0 to which 10 pulses correspond.

Note: in some networks other encoding of the digits are used, e.g. digit 0 is encoded by a single pulse, digit

1 by 2 pulses and so on.

Note: short interruptions (tens - hundreds of ms) of the loop current do not cause the telephone device to

be disconnected. To make this happen, the loop current interruption must be several seconds.

The BREAK period, when the loop is interrupted, is TBREAK ≈ .67ms, and the MAKE period, when the

loop is closed between two consecutive interruptions, is TMAKE approx.33ms, the nominal impulse transmission

rate being R = no. imp/s = 10imp/s. As a rule, the telephone exchanges allow certain deviations from

the nominal value of the pulse rate, the minimum value being Rmin = 8 − 9imp/s, and the maximum one

Rmax = 11 − 12imp/s. The time period separating two digits (interdigit time) is between several hundred of

ms and several seconds.

In the block diagram of the telephone device presented in Fig. 1.9 the dialing pulses are generated by the

switch Ccall, which is open during BREAK period and closed during MAKE period.

Note: there is not specified a telephone number terminator symbol. The local exchange considers that the

dialing is completed if no pulses are generated after a period of several seconds (period > ”maximum interdigit

time”)

The pulse dialing has several of disadvantages, among which can be mentioned: the slow transfer rate of

the telephone numbers, which implies a relatively long duration of the dialing process; distortion of impulses

transmitted on the subscriber loop, which may cause wrong calls; transient signals of large amplitudes (even

300V in certain situations), which may cause interface equipment failure in the local exchange; induction of

impulse noise in neighboring pairs, which may affect the transmissions that occur on these pairs (especially

data transmissions). The advantage is that this solution is simple and can be easily implemented, especially in

rotary dial phones.

Tone (DTMF) signaling

For each digit/symbol a set of two different frequencies is used, namely [2] [3] [4] (Finfi , Fsupj ), i, j in 1, 2, 3, 4

- see Tab. 1.1. DTMF tones last (approximately) TDTMF = 100ms. Unlike the pulse dialing besides the 10

digits, several symbols are available, most often the * and # symbols are used. These symbols are available on

all electronic phones.

The frequencies used for the DTMF dialing are located in the lower half of the telephone band, between

700− 1700Hz, which is the transmission band (by convention) of a calling modem/data equipment in the case

of full-duplex transmission on the telephone line implemented using the FDD (Frequency Division Duplexing)

technique. In the case of an automatic call made by the modem, the transmission of the telephone number will

be performed,of course, in the transmission band of the modem. The frequencies used for the DTMF dialing

are located in the central part of the modem transmission band (lower half of the voice band) to reduce the

distortions caused by the transmission filters - see Fig. 1.12.

Nonlinear distortions of the line can create unwanted harmonic components of the DTMF signals, which

can negatively affect the decoding of DTMF tones - see the example below. The solution to this problem is the
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Table 1.1: DTMF tones frequencies.
Fsup[Hz] 1209 1339 1447 1633

Finf [Hz]

697 1 2 3 A
770 4 5 6 B
852 7 8 9 C
941 ∗ 0 # D

Table 1.2: DTMF tones amplitudes.
Amin[mV ] Anominal[mV ] Amax[mV ]

Fsup 160 190 200
Finf 130 150 160

selection of DTMF frequencies so as to avoid the harmonic relationships between the frequencies Finf and Fsup

(Tab. 1.1). Also the DTMF tones in the lower set (which can generate harmonics located in the upper set)

have smaller amplitudes (Tab. 1.2), thus being better protected against nonlinear distortions.

The tones sent on the subscriber loop can be simulated by the voice signals or other signals captured

by the phone’s microphone (ambient noises), which can generate erroneous decoding of the DTMF symbols

transmitted to the telephone exchange during the address signaling process. Using a pair of frequencies to

encode a symbol significantly reduces the probability of simulation by the signals picked up by the microphone,

not being necessary to use more tones (e.g. 3 tones) to encode the numbers/symbols on the phone’s keypad.

The advantages of the DTMF dialing consist of the following: higher speed of transmission of digits/symbols,

which reduces the time required to dial the telephone number; no impulse noise is generated in the neighboring

pairs and thus the transmissions that take place on these pairs are not affected (this is especially the case of

the data transmissions); the distortions induced by the channel have smaller effects on the process of decoding

the digits/symbols; it is possible to define additional symbols besides the 10 digits, symbols that can be used

to access additional services offered by modern switching nodes; DTMF signaling is performed in the telephone

band, thus it is possible to transmit the DTMF symbols through the entire telephone network and use DTMF

tones to access services offered by different nodes in the network (nodes different from the local exchange). The

impulses used to encode the numbers (pulse dialing) can only be transmitted to the local exchange, not being

possible the digital conversion respectively the transmission through the network of these impulses.

Example: It is considered a DTMF system that encodes Key 1 (600Hz, 1200Hz) and Key 2 (600Hz, 1400Hz).

The transmission line has a nonlinear transfer characteristic: F (x) = x2 + x.

When the Key 2 is pressed, the transmitted DTMF signal is: sDTMF = a1 sin(2 pi600t)+a2 sin(2 pi1400t),

the spectrum of this signal being shown in Fig. 1.13.

At the input of the DTMF receiver is obtained the signal: sr(t) = s2DTMF (t) + sDTMF (t), meaning:

sr(t) = a1 sin(2π600t) + a2 sin(2π1400t) +
a21
2 +

a22
2 −

a21
2 cos(2π1200t) − a22

2 cos(2π2800t) + a1a2 cos(2π800t) −

RT

f [Hz]300 600 1800 3000 3400

Telephone frequency band

Sub-bands used in FDD duplex 

data transmissions
Guard 

tone

Figure 1.12: Telephone frequency band and sub-bands used in FDD duplexing.
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f [Hz]600 1400

a1

a2

Figure 1.13: Spectrum of the transmitted DTMF signal.

f [Hz]600 800 1200 2000 28001400

a1

a1a2 a1a2

a1
2
/2

a2
2
/2

a2

Figure 1.14: Spectrum of the received DTMF signal.

a1a2 cos(2π2000t). The spectrum of the received signal is presented in Fig. 1.14.

If we neglect the components on the 800Hz, 2000Hz and 2800Hz frequencies (which are not part of the

DTMF system considered), we can see that the receiver cannot decide between the two keys. Hence the need

to avoid the harmonic relationship between the frequencies Finf and Fsup.

Other aspects related to signaling on the subscriber loop

At least two particular aspects must be mentioned in relation to the signaling on the subscriber loop in case

of analogue access. The first aspect is related to the signaling between the telephone device and the PABX

exchanges, which can offer additional and more special functions such as: redirecting the call, blocking a

telephone terminal, transferring the call, teleconferencing, defining and transferring the service class, placing

in hold one or several calls, etc. Accessing these functions, when using analog terminals, can be achieved with

the FLASH signal/pulse (also called HOOK FLASH). This signal is represented by a short interruption of the

subscriber loop, typically lasting between 90ms and 600ms (in the case of some phones between 80ms and 1s),

the usual values being 90ms, 120ms, 270ms, 375ms and 600ms. The FLASH impulse announces the PBX

exchange that the terminal wishes to access the special functions of the exchange, to which the exchange will

respond in a specific way. The FLASH pulse duration is longer than the BREAK pulse duration, which should

eliminate unwanted interactions with pulse address signaling. However, it should be noted that modern PABX

exchanges require the use of DTMF addressing to access special functions, especially since the special function

selection codes include the symbols * and #.

The second aspect is related to the Calling Line Identification Presentation (CLIP) signaling, which allows

the identification of the calling terminal and is a component of the supervision signaling. In the case of analogue

access, the number of the calling terminal can be transmitted to the called terminal (by the local exchange where

it is connected) using DTMF symbols or FSK (Frequency Shift Keying) modulation, a transmission that takes

place before or during the alert signal (i.e. before the ring signal or in parallel with this signal). If the telephone

terminal is able to decode this code and has a display, then the number of the calling terminal will be displayed

during the call, possibly even after the call is terminated if the called terminal has not answered.

1.4.2 Signaling sequence characteristic of a local telephone connection

As a conclusion to those discussed in the previous paragraphs, in Fig. 1.15 is presented the full signaling

sequence associated with a local telephone connection, i.e. a telephone connection made between two terminals

connected to the same local telephone exchange or PBX. With italic font are identified the signals of a generic
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CO/PBX

Service/access request

Subscriber loop closed

Request accepted / Request denied

Dial tone / Busy tone

Address signaling

DTMF / Pulse Check status: idle / busy

Status report

Ringback tone / Busy tone

Alerting  &  Calling line identification

Ringtone & CLIP tones

Answer - connect

Subscriber loop closed

Status report - connect

Ringback terminated

Voice connection

Disconnect

Subscriber loop open

Disconnect report

Busy tone / silence

Disconnect

Subscriber loop open

Figure 1.15: The signaling sequence associated with a local telephone connection.

signaling process, independent of the type of access on the subscriber loop (analog or digital), and with bold

font are identified the signals of the same signaling process, but in the case of an analog access on the subscriber

loop.

1.5 Application

1. Analyze the topology and identify the components of the access network characteristic to a private

telephone network, respectively a public telephone network. How can full-duplex transmission be

achieved on the subscriber loop? Different possible methods are analyzed and compared.

2. Analyze the general block diagram and the functioning of an analog telephone.

3. Analyze the internal schematic of a small capacity PABX exchange and identify the main functional

blocks.

4. Analyze the schematic of the power feeding bridge in the exchange. Why is this circuit necessary and

what effects does it have?

5. Analyze the schematic the hybrid transformer (implemented using transformers) and determine the

balance condition and the return loss for the particular situation Lcp = 0. Consider the cases in which

ZL = 0 respectively ZL 6= 0.

6. Analyze the schematic of the electronic hybrid and determine the balance condition for the following

particular situations: R1 = R2, R1 = 2R2. Consider the cases in which ZL = 0 respectively ZL 6= 0.

7. Analyze the pulse dialing technique. What are the advantages and disadvantages of this technique?

8. Analyze the DTMF dialing technique. What are the advantages and disadvantages of this technique?

Why are two frequencies used to encode a symbol? What conditions apply to DTMF frequencies?

9. How long does it take to send the numbers 0264 999 999 and 0262 111 111 to the telephone exchange using

the pulse dialing technique? What if the DTMF technique is used? Consider separately the case of the
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manual dialing, performed by the user, respectively of the automatic dialing, performed by the telephone

terminal.

10. There are considered two analog telephone terminals connected to a PBX. The probes of a digital

oscilloscope/spectrum analyzer with two channels are connected in parallel on the two subscriber loops.

WARNING! the ground wire of each probe is connected to the TIP (GND) wire on both subscriber

loops. The following operations are performed:

(a) Measure the supply voltage on the subscriber loops with the phones in the ON HOOK (inactive)

state. Explain the measured values.

(b) Measure the supply voltage on the subscriber loops with the phones in the OFF HOOK (active)

state. Explain the measured values.

(c) Measure the frequency and the amplitude of the dial tone.

(d) Call an active terminal to generate a busy signal on the subscriber loop of the calling terminal.

Measure the frequency, timing and amplitude of the busy tone.

(e) Call an idle terminal to generate a ring signal on the subscriber loop of the called terminal and a

ring back tone on the subscriber loop of the calling terminal. Measure the amplitude, frequency

and timing of the two signals. Explain the values of the ring signal amplitude. What is the time

relationship between the ring signal and the ring back signal? What is the relationship between the

timing of the two signals?

(f) Consider the situation from the previous point. On the subscriber loop of the called terminal, the

caller identification signal (CLIP) is displayed. Where is it inserted and when is the CLIP signal

transmitted? What is the duration of this signal?

(g) Establish the voice path between the two terminals. The voice signal is visualized and the amplitude

and frequency band of this signal are measured on the subscriber loop of the calling telephone (source)

and of the called telephone (destination), i.e. at the entrance and exit of the telephone exchange.

(h) Configure a telephone terminal for impulse dialing and dial a digit (larger than 2). The generated

impulses are visualized and measure the following parameters: the amplitude of the impulses, the

amplitude of the transient signals generated on the line and the BREAK, MAKE and Interdigit time

periods.

(i) Configure a telephone terminal for DTMF dialing. Dial a few digits and using the spectral analyzer

and the oscilloscope measure the amplitude, frequency and duration of the DTMF tones.

(j) Make a call from a terminal to another one and answer the call after 1-2 ring signals. Measure and

store on the digital oscilloscope the signals on the two subscriber loops. Analyze the stages of the

signaling process between the telephone exchange and the telephone terminals. Identify the main

phases of the signaling processes under discussion.

(k) Generate a FLASH pulse with a telephone terminal. Store the pulse on the digital oscilloscope and

measure the amplitude and duration of this pulse. Can FLASH pulses be generated if we have pulse

dialing? What is the interaction between the two processes (FLASH pulse generation and pulse

dialing), if FLASH pulse generation would be possible?

———————————————
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Chapter 2

Telephone devices for analog

subscriber loops

2.1 Introduction

The chapter proposes the study of the following issues:

• analysis of the electrical diagrams of some electronic analog phones with pulse dialing, DTMF dialing and

combined pulse/DTMF dialing.

• a brief overview of cordless telephones.

• analysis of the internal diagrams of some rotary dial and electronic analog telephones.

• analysis of how to set up/configure simpler electronic phones and more complex ones, including cordless

phones.

This chapter proposes basically a ”little exercise” of electronics in which the diagrams of relatively simple

telecommunications equipment will be analyzed, but such an exercise is useful for acquiring the skills needed

to analyze more complex telecommunications equipment and terminals. There is also an exercise in setting

up/configuring more complex electronic telephone terminals, an exercise that can be useful for acquiring the

skills needed to configure telecommunications terminals and equipment.

2.2 Electrical diagrams of analog phones

2.2.1 Electrical diagram of a rotary dial telephone

The electrical diagram of Fig. 2.1 includes the following components [6] [9]:

C

Rb

HSW1

SW-S

SW-I

V

Hybrid 
transformer

R

Ringing 
circuit

1

2

HSW2

Figure 2.1: Electrical diagram of a rotary dial telephone with pulse dialing.
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Ringing circuit

D1

T2

T1

Dialing 

circuit

Speech 

circuit
Bridge rectifier 1

Bridge rectifier 2

D2

T3

C

R

Ringing signal 

receiver

V Keypad

Figure 2.2: Electrical diagram of an electronic telephone with pulse dialing.

• the hook switches CF1 and CF2; they are made up of mechanical switches operated by a lever that support

the handset of the telephone in idle state. CF1 connects the voice circuit to the telephone line in the OFF

HOOK state, respectively disconnects this circuit in the ON HOOK state. CF2 connects the ringer to

the telephone line in the ON HOOK state, respectively disconnects it in the OFF HOOK state. In the

OFF HOOK state CF2 closes the R (100Ω) - C (1µF ) circuit, connected in parallel with the CI switch of

the dial disc, R-C circuit which has the role of preventing sparks from occurring between the CI contacts,

when these contacts are closed and open.

• the ringer; it is usually an electromagnetic ringer (buzzer), but it can also be an electronic ringer. The

ringer is connected to the telephone line through the capacitor C.

• the dial disc; it is basically a mechanical timer acting on switch CI that generates the dialing pulses on

the line. During the dialing, the switch CS is closed and short circuits the voice circuit. This prevents

sending of disc impulses to the receiver, these impulses being disturbing.

• the voice circuit; this circuit includes: microphone, headset, hybrid transformer, balancing resistor Rb

(680Ω) of hybrid transformer as well as varistor V, which acts as a voltage limiter and ensures overvoltage

protection of the telephone speaker. The handset, which includes the microphone and the speaker, connects

to the telephone device on three wires, with a common wire used for both the microphone and the

headphone.

The telephone is connected to the line on two wires (RING and TIP), the typical case, but also can be

connected on three wires (a grounding wire is used) for party line subscribers.

2.2.2 Electrical diagrams of electronic analog phones

Electrical diagram of an electronic telephone with pulse dialing

The diagram is shown in Fig. 2.2 and is composed of three main blocks: the line connection circuits, the ringer

circuit and the voice and dialing circuit [10] [11].

The CF switch is the phone hook switch. This switch connects to the line the ringer circuit in the ON

HOOK state, respectively the voice and dialing circuits in the OFF HOOK state. The capacitor C separates

the ringer circuit from the DC voltage on the subscriber loop, and the V varistor (or other voltage limiting

device) protects the voice and dialing circuits against accidental overvoltages on the subscriber loop.

The two bridge rectifiers in the diagram have the following roles:

• Bridge rectifier 1 protects the telephone device circuits from changing the polarity of the DC voltage on

the subscriber loop due to the reverse connection of the two wires of the line to the telephone device. Due
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Ringing circuit

Speech circuit 

+ DTMF 

dialing circuit

Bridge rectifier 1

Bridge rectifier 2

D2
T3

C

R

Ringing signal 

receiver

V Keypad

Figure 2.3: Electrical diagram of an electronic telephone with DTMF dialing.

to the low level of the voice signal, compared to the DC voltage on the line, it is not rectified (the bridge

diodes cannot be opened/closed by the voice signal), but the diodes can induce nonlinear distortions.

• Bridge rectifier 2 rectifies the ring voltage (AC voltage with high amplitude) and ensures the DC supply

voltage for the ringer circuit. The ring signal has an ON-OFF repetition scheme. When there is a ring

signal we have a DC supply voltage of the ringer, which will ring, and when we do not have a ring signal

we have no DC supply voltage of the ringer, which does not ring.

The zener diode D2 limits the rectified ring signal, that is, it limits the DC supply voltage of the ringer.

The D2 diode can be replaced with a DC voltage stabilizer block.

The dialing circuit disconnects the voice circuit during the dialing by blocking the T2 transistor and generates

the disc pulses by interrupting the subscriber loop using the T1 transistor. So, during dialing transistor T2 is

open (blocked), thus preventing the sending of the disc pulses to the speaker, and transistor T1 is closed/opened

for generating the MAKE and BREAK pulses, which characterize the pulse dialing. The dialing circuit has a

quartz crystal or RC oscillator that generates the clock signal necessary for the timers that give the timing of

different stages of the dialing process. A keypad attached to the dialing circuit allows to input the numbers and

other symbols used in the dialing process.

The zener diode D1 acts as a protection device of the dialing circuit against short-circuiting the line during

the MAKE pulse. During this impulse, the transistor T1 is closed and there is a very low voltage on this

element, which would practically short-circuit the line and the dialing circuit. The zener diode provides a high

enough voltage for the correct functioning of the dialing circuit during the MAKE pulse.

The voice circuit includes the microphone amplifier and the speaker amplifier as well as an electronic hybrid

that separates the microphone circuit from that of the headphone/speaker circuit and thus reduces the side

effect.

Electrical diagram of an electronic telephone with DTMF dialing

The diagram is shown in Fig. 2.3 and is composed of the same major blocks as the diagram in Fig. 2.2. Due

to the fact that it is no longer necessary to generate pulses and to interrupt the subscriber loop, the electrical

diagram becomes simpler, as regards the functional blocks. The voice and dialing circuits can be combined into

a single functional block, possibly implemented as a dedicated integrated circuit. For other functional aspects

see the explanations from the previous diagram.

Electrical diagram of an electronic telephone with pulse and DTMF dialing

The diagram is shown in Fig. 2.4 and is composed of the same three major blocks as the diagrams presented in

Fig. 2.2 and Fig. 2.3.
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Ringing circuit

Bridge rectifier 1

Bridge rectifier 2

D2

T1

T3

C

R

Speech 

circuit

Ringing signal 

receiver

V

Dialing 

circuit

DTMF Tones

DTMF SEL

MUTE

PULSE/ DTMFC1

Keypad

Figure 2.4: Electrical diagram of an electronic telephone with pulse and DTMF dialing.

The dialing circuit can work both in pulse and DTMF modes, selecting the working being performed by the

user with the aid of a switch or, in the case of more complex telephones, by entering a selection code specific to

the telephone device.

In the case of pulse working mode during the dialing process, a MUTE signal is generated to the voice circuit

to prevent the sending of pulses to the headphone or speaker. The BREAK and MAKE pulses are generated

by the T1 transistor which operates in switching mode and opens and closes the subscriber loop. During the

BREAK impulse, when the subscriber loop is open, the dialing circuit has no power supply and will not be

able to operate. To solve this problem, the capacitor C1, with a capacity of several µF or several tens of µF ,

was placed in the electrical diagram. This capacitor maintains the supply voltage of the dialing circuit during

the interruption of the subscriber loop. The low power consumption of the dialing circuit (low supply current

required) allows providing the supply voltage through this simple solution during BREAK pulses, the capacitor

being charged during MAKE pulses, when the loop is closed and we have loop current

In the case of the DTMF dialing mode, the T1 transistor is ON continuously, and the DTMF tones are

sent to the voice circuit, being heard in the headphone and amplified by the microphone amplifier (or another

dedicated amplifier). The SEL signal allows the microphone to be switched off and its amplifier used to amplify

DTMF signals. The T1 transistor can generate the FLASH pulse, if it receives an appropriate command.

2.3 Internal diagrams of analog telephones

2.3.1 Internal diagram of a rotary dial telephone

This type of telephone device has, in principle, a motherboard with the electrical components necessary for the

operation, the board to which the following modules are connected (see Fig. 2.5):

• the handset, which contains the headphone and the microphone. The connection to the motherboard can

be made on three or four wires. In the first case the microphone and headphone have a common wire,

while in the second case the two circuits are completely separate.

• the dialing disc, which contains a mechanical timer that activates the electrical contacts that actually

generate the dialing pulses, respectively short-circuits the voice circuit during the call. The disc connection

is usually made on three wires - see the electrical diagram in Fig. 2.1.

• electromagnetic or electronic ringer (buzzer), connected on two wires to the motherboard.

At the motherboard is connected the telephone line on two or three wires, the third wire being the ground

used in the past to connect the party line subscribers on the same telephone line.
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Ringing circuit coupling

 capacitor; C 1mF

Electromagnetic or  

electronic ringer

Resistors: 100W,680W
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Dialing disk
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Handset Printed Circuit Board
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Figure 2.5: Internal schematic diagram a rotary dial telephone.
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Note: in the past, due to the poor development of the telecommunication infrastructure, it was common

practice to connect two subscribers on the same subscriber loop (party line or shared service line). The two

subscribers had different phone numbers, and their separation was achieved using the ground wire. At one

subscriber the ringer was connected between the TIP wire and the ground, and at the other subscriber between

the RING wire and the ground, making it possible to call each subscriber individually, but not at the same time.

The billing of the calls and the identification of the subscriber who made a call was also done with the help of

the ground wire by measuring the potentials on the TIP and RING wires relative to the ground. This method

does not ensure confidentiality of the call and can create problems of incorrect billing of the subscribers.

The motherboard contains, besides the connectors used to connect the line and modules mentioned above,

the following components:

• hook switch - mechanical switch actuated by the handset support system.

• the ringer coupling capacitor(s).

• the hybrid transformer made with a low frequency transformer with center tap.

• voltage limiters (varistors or diodes) for protection of the headphone/speaker.

• resistors, components of the hybrid transformer and the dialing circuit.

• possible, electronic circuits for electronic ringer or for other features: e.g. the use of a keypad instead of

the dialing disc or the use of the phone as an intercom or secretarial telephone.

• jumpers for changing the working mode, e.g. connecting party line subscribers or adding additional

modules, such as the transfer button used in secretarial phones.

Note: it is possible to replace the dialing disc with an electronic circuit that includes a keypad, keypad

control circuits, timers, electronic switches and control circuits of the electronic switches. The b circuit can be

connected to the dialing disc connector, the supply power being taken from the phone board.

2.4 Internal diagram of an electronic telephone

This type of telephone device has a motherboard with the electrical and electronic components necessary for

the operation, board to which the following modules are connected (see Fig. 2.6):

• the handset, which contains the headphone and the microphone. The connection to the motherboard is

made on four wires, the two circuits being completely separated. The handset is connected using a RJ9

4P4C modular connector.

• the keypad, with which the dialing is performed, is connected to the motherboard with a multi-wire ribbon

cable. The keypad controller is located on the motherboard.

• the electronic ringer, more precisely the speaker of this ringer, connected on two or three wires to the

motherboard.

Note: usually, the ringer speaker is not a speaker itself but a piezoelectric element capable of generating

specific sounds for a telephone ringer.

• liquid crystal display. The more complex telephone devices use a display to display the time, the numbers

typed, the number of the caller, the duration of the call, the missed call numbers, information about the

operation mode, these telephone devices being programmable within certain limits.

• switches with which the dialing mode can be set, i.e. DTMF or pulse, respectively the ringer signal level.

This is, as a rule, the case of simple electronic phones, on the more complex devices the aforementioned

parameters being programmed from the keypad or from special keys. On some phones the ringer level can

be adjusted using a potentiometer.
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Figure 2.6: Internal schematic diagram of an electronic telephone device.
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• keys for programming the phone’s operating mode. This is the case of more complex phones that offer

additional features.

• keys for selecting numbers stored in the phonebook/directory and for storing numbers in the phonebook.

The telephone line is connected to the motherboard on two wires using an RJ11 6P2C modular connector.

The motherboard contains, besides the connectors used to connect the telephone line and the modules

mentioned above, the following components:

• hook switch - mechanical or optical switch operated by the handset support system.

• the ring coupling capacitor(s).

• bridge rectifier for the ringer circuit, respectively for the coupling of the voice and dialing circuits.

• microphone and speaker/headphone amplifiers.

• hybrid transformer made with an R-C bridge.

• electronic circuits for telephone ringer.

• the control circuit of the keypad and of the programming keys.

• jumpers to configure the phone or add additional modules.

• microphone and speaker for hands-free operations.

Note: some more complex phones allow such operations and have a separate microphone and speaker for

hands-free operations.

Note: some small compact phones, which are usually installed on the wall, have all the components, i.e.

the motherboard and the rest of the peripherals (keyboard, ringer, display, etc.) integrated in the handset, the

holder with which is installed on the wall including only the telephone line connectors. In some cases the hook

switch and the ringer can be included in the holder.

The diagrams presented above should be considered in a general sense, since it is impossible to integrate all

the functionalities and characteristics of electronic phones into a limited number of diagrams of relatively low

complexity. In the following paragraphs will be exemplified some electronic phones and will be mentioned the

functionalities they offer and the way in which these functionalities can be programmed/activated.

2.5 Cordless phones. A short presentation

2.5.1 Basic characteristics of cordless telephones

A cordless phone replaces the cable connection of the receiver (handset) with a radio connection [12]. Such

a device is composed of two units (see Fig. 2.10): a base station (or simple base) that is connected to the

subscriber loop (like any other corded telephone) and the receiver connected to the base station via a radio

connection. The coverage range depends on the carrier frequency on the radio link between the base and the

receiver. The base station must be powered from a separate power supply, as it is not possible to feed directly

from the loop current, due to limitation of this current to several tens of mA. The handset is powered by a

battery that is usually charged from the base.

The key difference between a mobile phone and a cordless one is that the base station is at the user, but in

some specialized networks the base stations can be owned by a telecommunications operator. The new standards

of digital cordless phones allow handover operations between the base stations and data transfer, besides voice

communications and connection of several terminals to a base station, as well as direct communication between

terminals connected to the same base station. Advanced applications, such as teleconferencing calls, are also

possible.
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The first cordless phones appeared in the mid-60s, early 70s. The first standards used analog modulations

on the radio link. The first cordless phone solutions even used an acoustic connection between the handset and

the base. The first models of cordless phones used the 1.7MHz band (AM modulation, 5 channels available).

Later (1984) the 43-50MHz band and FM modulation were used, then the 900MHz unlicensed band (1994) was

used. The 1.9MHz band was allocated with the advent of the Digital Enhanced Cordless Telecommunications

(DECT)standard. Subsequently, standards appeared that work in the unlicensed bands of 2.4GHz (1998)

and 5.8GHz (2003). Unlicensed bands (900MHz, 2.4GHz, 5.8GHz) are also used by other wireless systems

(Bluetooth, WLAN, baby monitor) that can create interference. The 1.9GHz band (1880 - 1900MHz) is reserved

only for cordless phones using the DECT standard, which guarantees a low level of interference. In 1995, the DSS

(Digital Spread Spectrum) technique was introduced on the radio connection of cordless phones, a technique

that spreads the data to be transmitted on several frequencies, which brings a substantial improvement of the

security, making it more difficult to intercept these transmissions.

2.5.2 The DECT standard in short

DECT is a standard of digital communication developed especially for cordless phones, but not only [13] [14].

It was designed to replace the older standards working in the 900MHz band. It has been adopted practically all

over the world, in the USA being required modifications of the frequencies used due to the specific allocation

of frequencies in the 1900MHz band (1920 - 1930MHz - DECT 6.0). The DECT standard also can be used for

other applications such as ”baby monitor”, data transfer, remote controls, industrial applications. An interesting

application is the implementation of radio subscriber loops. Even though it is used especially in small offices and

houses/apartments it is also integrated in PABX systems used by medium and large companies. The standard

is capable of providing public access by using a large number of base stations and handover operations.

Cordless telephones network connections are made usually using an analog subscriber loops, but there are

techniques which use VoIP interfaces. The average transmission power in the DECT standard is 10mW , with

a peak power of 250mW . By using directional antennas and limiting the traffic capacity the coverage can be

extended up to over 10km, an important fact in wireless subscriber loop applications. The average transmission

power is limited to only 4mW (peak power 100mW ) in the SUA. In 2011, the DECT ULE - ”Ultra Low Energy”

standard was developed, which allows, besides lowering the radiation level, the use of the DECT interface in

security systems, home automation systems, smartphones, etc. The radio connection is characterized by a

combined FDMA/TDMA access. 10 carriers with a separation of 1,728 MHz (only 5 carriers in DECT 6.0)

and 2x12 time slots (for uplink and downlink) are defined. Security is ensured by 64-bit encryption. The audio

encoder can be G726 (ADPCM - 32kbps), G711 (PCM), G722 (ADPCM with 7kHz band), G.729.1 or MPEG-4

(the last two with voice compression).

2.6 Examples of electronic phones, features and configuration

Concorde C-915 telephone

It is a simple electronic phone that offers some basic features found in all electronic phones. The selection of

the dialing mode can be achieved with a switch, as well as the selection of the ringer signal level. Besides these

switches the phone has three functional keys, namely (see Fig. 2.7):

• Hold - is basically a MUTE key that allows the microphone to be deactivated during the call.

• Flash - generates a fixed duration FLASH pulse, a pulse used to access the special functions of the PABX

exchanges.

• Redial - allows to redial the last dialed number, which is stored in the phone memory.
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Figure 2.7: Concorde C-915 electronic phone.

Siemens Euroset 5010 telephone

It is an electronic phone that offers a number of additional features [15]. The operating mode is set using a set

of 6 function keys. There are no switches used to set the dialing mode and ringer level, all phone functions are

programmed using the function keys and numeric combinations introduced from the keyboard. The phone has

a phonebook with 20 numbers on a maximum of 32 digits.

The features offered by this phone are, in short, the following:

• redialing the last dialed number.

• dialing numbers stored in the phonebook, respectively storing the numbers in the phonebook.

• ”Baby call” or ”Direct call” - the phone is locked and a number programmed by the user is called when

pressing any key, except the programming key and the MUTE key. It is not possible to call another

number until the function is deactivated.

• defining an emergency number, which can be called even if the phone is locked.

• adjusting the ringer level.

• setting the ringer frequency.

• setting the reception level (speaker volume).

• activating a music signal when the microphone is deactivated.

Note: in this case, deactivation of the microphone also leads to deactivation of the receiver, during which

the phone can send a music signal on the line, if set (music on hold).

• locking some groups of numbers. You can check the first three digits of the number.

Note: this feature is useful for blocking long distance or international calls.

• locking the phone, not being possible to call any number except the emergency number.

• insertion of a prefix for external lines (in PABX networks), prefix established by the user.
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Figure 2.8: Siemens Euroset 5010 electronic telephone.

• changing the dialing mode, tone or pulse mode.

• FLASH pulse generation.

• setting the duration of the FLASH pulse. This duration can be set at the values: 90ms, 120ms, 270ms,

375ms and 600ms.

The use of the programming keys is briefly the following (see Fig. 2.8):

• all special functions can be activated/deactivated with the programming key (function key 1).

• deactivation/activation of the microphone is performed with the function key 2.

• the activation/deactivation of the ”Baby call” function is performed with the programming key (function

key 1) and function key 6.

• the FLASH pulse is generated with function key 3 (R key).

• the redial of the last number as well as the insertion of breaks between the digits is performed with the

function key 4. The key is also used in other operations, e.g. setting the prefix.

• function key 5 (Shift key) is used for selecting and saving the phone numbers in the phonebook; each

number key can be associated with two telephone numbers, the selection being made with the Shift key.

Note: Using the Shift key can be reduced the number of keys associated with the phonebook.

Note: the exact details related to the activation and configuration of the different features can be found in

the user manual of the phone.

Siemens Euroset 5020 telephone

Is a digital telephone with multiple features, actually being an improvement of Siemens Euroset 5010 phone(see

Fig. 2.9) [16]. The phone is equipped with an LCD display, an additional microphone and speaker for hands

free operations. The phone also has a phonebook with 20 numbers on a maximum of 32 digits.

The additional features that this phone has, compared to the Siemens Euroset 5010, are the following:
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Figure 2.9: Siemens Euroset 5020 electronic telephone.

• displaying the time, respectively the duration of the call.

• hands free call, a very useful functionality in teleconferencing.

• setting the ringtone beside setting the ringtone level.

• the functionality of Baby call/Direct call is activated using the programming key (function key 5) and a

specific key combination; there is no separate function key to activate this function.

• display of the typed digits/symbols.

• display of the caller’s number (Calling Line Identification Presentation - CLIP).

Note: the CLIP functionality is conditioned by the support provided by the network to which the terminal

is connected.

• call list with maximum 50 entries; the caller’s number is stored as well as the date and time of the call -

this information can be displayed using the Shift key (function key 1). Scroll through the list of calls can

be made with the arrow keys (function keys 6 and 7). The automatic dialing of a number from the list

can be done with the OK key (function key 8); the numbers in the call list can be deleted. If there are

new entries in the list, a specific symbol is displayed.

• in some situations, the network operator may provide the user with additional features, such as immediate

or conditioned call forwarding, call waiting, anonymous call, etc. These functions can be activated by

the user through key combinations specified by the operator. For easier activation/deactivation of these

functions the key combinations mentioned above can be associated with directory (phonebook) keys.

Thus it is necessary to use a single key instead of a combination of 5-6 keys. The operations for assigning

functions to the directory keys are described in the user manual. These operations are performed with

the programming key and the Shift key (function keys 5 and 1).

The use of the function keys is similar to that of the keys on the Siemens Euroset 5010. Some of the most

important differences have been mentioned above. Adjusting the volume of the receiver and the level of the

ringer is done with the volume keys, and the activation of the hands free functionality is done with the ”speaker”

key.
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Figure 2.10: Gigaset AP180 cordless telephone.

Gigaset AP180 telephone

It is a cordless phone with displays and multipple features [17]. The receiver displays the called number, the

caller’s number (if CLIP functionality is active), time, date, battery charge level. The menu control can be done

with the display keys (menu entry, selection of options, exit from the menu), and scrolling through the menus is

done with the control key (see Fig. 2.10). There is a separate key for the phonebook, i.e. saving a new number,

respectively selecting a number. The selection is done together with the control key. There is a separate key for

messages and access to the call list. The scroll in this list is also done with the control key, which also allows

the level of the receiver and the ringer to be changed.

The lifting of the receiver respectively the dialing of the number entered and displayed on the screen is done

using the call key, and placing the receiver in the fork is done with the call end key. There is also a RECALL

key and a MUTE key. The phone allows a number of additional features such as setting an alarm, setting the

date and time, setting the language in which the information is displayed, changing dialing mode (tone/pulse),

setting the FLASH pulse duration, setting the pause duration after accessing the line, etc. - see the phone

manual for using these features.

The receiver can be placed in the base fork, when the battery begins to charge and the receiver is registered

at the base, if it is not yet registered. The base has a button with which it is possible to register a receiver that

is not placed on the fork (press the button until the registering takes place) or it can send a localization signal

to the receiver, i.e. the receiver starts to ring and so it can be located.

2.7 Application

1. The following operations are performed with rotary dial phones:

(a) The devices are opened and the major functional blocks are identified as well as the interconnection

of these blocks.

(b) The mode of operation of the hook switch and the way of connecting the telephone to the line are

analyzed.

(c) The mode of operation of the dialing disc and its connection to the telephone board are analyzed.
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(d) The mode of operation of the electromagnetic or electronic bell and the connection of the bell to the

telephone board are analyzed.

(e) It is analyzed the way of connecting the microphone and the headphone to the device main board.

(f) The hybrid transformer and balancing impedance are identified.

2. Connect the rotary dial phones to the PABX exchange in the laboratory and check the operation.

3. The following operations are performed with electronic phones:

(a) The devices are opened and the major functional blocks are identified as well as the interconnection

of these blocks.

(b) The mode of operation of the hook switch is analyzed.

(c) The keypad of the dialing circuit is opened and the component elements are identified.

(d) It is analyzed the way of connecting the microphone and the headphone to the device main board.

4. The following operations are executed with the programmable and cordless electronic phones:

(a) The devices are connected to the PABX exchange in the laboratory.

(b) Based on the user manuals, the parameters that can be set are identified and the corresponding

settings are performed. The effect of these settings is checked.

(c) A call involving a cordless phone is made. The receiver is removed from the base until the connection

is broken or degraded. The indoor coverage radius is estimated.

———————————————
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Chapter 3

Telecommunication cables

3.1 Introduction

The chapter proposes the study of several theoretical and practical aspects related to telecommunication cables

(cables made of twisted pairs) used in the telephone access network and in the local data networks. This chapter

proposes the study of the mathematical modeling of the cable’s transfer function, the cable being a circuit with

distributed parameters. The theoretical determination and measurement of the attenuation characteristic of

the pairs and the coupling characteristic between the neighboring pairs of the cable will be the main issues

considered. The chapter also focuses on the internal structure of the cables made of twisted pairs, cables used

in the subscriber loop, in the transport network between the exchanges, respectively in the local data networks

and a number of important parameters are discussed. Finally, are consider some practical aspects related to

the installation of the telecommunication cables made of twisted pairs.

3.2 Modeling of the telecommunication cables

Cables represent transmission media with distributed parameters, the diagram of a section of cable, with a

certain length, being presented in Fig. 3.1 [18] [19] [20]. Such a transmission medium with a linear characteristic

is characterized by a distributed resistance R, expressed in Ω/km, a distributed capacitance C, expressed in

nF/km, a distributed inductance L, expressed in µH/km and a distributed conductance G, expressed in µS/km.

The unit of length of 1km is used in telephone access and transport networks due to the large lengths of cables

in these networks. In other networks, such as Local Area Networks (LAN), the unit length can be 100m or even

1m.

Some important observations regarding the distributed parameters of the cables, called also primary or line

parameters, are the following: the primary parameters are frequency dependent - the distributed resistance

and conductance increase with the frequency, the distributed capacitance is constant with the frequency, and

the distributed inductance decreases with frequency; in the telephone band only the distributed resistance and

capacitance matter; at frequencies higher than 30kHz the distributed inductance begins to intervene, and at
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Figure 3.1: Equivalent diagram of a telecommunication cable section.
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Figure 3.2: Impedance matching between a cable and the impedances connected at the cable ends.

frequencies higher than hundreds of kHz the distributed conductance also begins to matter.

Based on the primary parameters, other parameters characteristic to cables (secondary parameters) can

be defined, parameters which are related to the cable transfer function and the impedance matching between

the cable and external load impedance. Two very important parameters are the propagation index γ and the

characteristic impedance Zc, parameters given by the following relations [18]:

γ(ω) = α(ω) + jβ(ω) =
√

(R+ jωL)(G+ jωC) (3.1)

Zc(ω) =

√
R+ jωL

G+ jωC
(3.2)

where α is the cable attenuation constant, expressed in Np/km, and β is the phase constant, expressed in

rad/km. From relation 3.1 results the double variation of the propagation constant and characteristic impedance

with frequency, through the frequency parameter and through the variation of the primary parameters with

frequency.

Note: the transformation from Np to dB can be done according to the relation: 1Np = 8.68dB.

The importance of the characteristic impedance is the following: if at one end of a cable with characteristic

impedance Zc a load impedance with the value Zc is connected, then the input impedance seen at the other end

of the cable also will be Zc, i.e. there is a ”move” of the load impedance from one end of the cable to the other

end of the cable, which is very important if an impedance matching is desired throughout the circuit path (see

Fig. 3.2).

Based on the attenuation constant and the phase constant, frequency attenuation function a(ω) can be

determined, as follows:

a(ω) = eα(ω)lejβ(ω)l =
U1

U2

(3.3)

where l is the length of the cable. If a sinusoidal signal with angular frequency ωs, amplitude Ai and phase ϕi

is applied to the cable input, then at the cable output a sinusoidal signal of the same angular frequency will be

obtained, with amplitude Ao and phase ϕo, given by the relations:

Ao = Aie
−α(ωs)l;ϕo = ϕi − β(ωs)l (3.4)

A telecommunication cable can be modeled as a two-port circuit (see Fig. 3.2), the parameters of this

two-port circuit being given by the secondary parameters γ and Zc. For example, a two-port circuit can be

characterized by the transmission parameters A, as follows [21]:

U1 = A11U2 +A12I2; I1 = A21U2 +A22I2 (3.5)

(
U1

I1

)
= ( A )

(
U2

I2

)
; ( A ) =

(
A11 A12

A21 A22

)
(3.6)

If the cable is made up of several sections with different parameters then the global matrix (with global
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Figure 3.3: Variation of attenuation in the telephone band over a length of 1km of twisted pairs of wires with
different diameters.

transmission parameters) that characterizes the whole cable is the product of the matrices with the transmission

parameters of each component section:

(A) =

n∏
i=1

(Ai) (3.7)

The transmission parameters can be determined according to the length of the cable l, the propagation

constant α and the characteristic impedance Zc as follows [1]:

(Ai) =

(
cosh(γili) Zcisinh(γili)
1
Zci

sinh(γili) cosh(γili)

)
(3.8)

where i is the index of the cable section.

3.2.1 Aspects related to the attenuation transfer function of twisted pairs cables

The attenuation of the cable at a certain frequency can be calculated as a(f) = V 2
i (f)/V 2

o (f), where Vi is the

voltage applied to the cable input, and Vo is the voltage measured at the cable output. The general law of

variation of the attenuation of twisted pairs with frequency is given by the relation: [18]:

a(f)dB =


k1 · f1/2; f ≤ 10kHz

k2 · f1/4; 10kHZ < f ≤ 100kHz

k3 · f1/2; f > 100kHz

(3.9)

where the constants kx depend on the geometry and length of the cable and the temperature.

In Fig. 3.3 it is presented the variation of the attenuation in the telephone band for a length of 1km of the

pairs of twisted wires with different diameters [1].

Note: the characteristics of the twisted pairs cables in the subscriber loop are mainly determined by the

distributed resistive (R/km) and capacitive (C/km) parameters.

Other empirical equations for calculating cable attenuation depending on the frequency and length (general

and specific relations) at a temperature of 20◦C are as follows [22]:

• general relation:

L(f)dB = (a
√
f + b · f)d (3.10)

where the distance d (cable length) is given in km, the frequency f is given in MHz, the parameter a

depends on the diameter of the wires, and the parameter b depends on the insulation of the wires.

• BKMA cable for aerial telephone installations:

L(f)dB = (2.1
√
f + 0.3f)d (3.11)
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Figure 3.4: Variation of the attenuation with of BKMA, CAT.3 and CAT.5 cables at room temperature for a
length of 180m.
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Figure 3.5: The ways the crosstalk phenomenon occurs.

• UTP CAT.3 cable, usually used in the subscriber loop, worst case function, d = 100m:

L(f)dB = (2.32
√
f + 0.238f) (3.12)

• UTP CAT.5 cable worst case function, d = 100m:

L(f)dB = (1.967
√
f + 0.023f) (3.13)

The variation of the attenuation with frequency of the BKMA, CAT.3 and CAT.5 cables for a length of

180m (i.e. ”600feet”) and a temperature of 20◦C is depicted in Fig. 3.4.

3.3 Linear crosstalk noise

The linear crosstalk noise is the phenomenon by which a useful signal occurs in the wrong place. In telephony

this noise signal can be intelligible and can lead to loss of confidentiality [1]. The single frequency noise is also

generated by the crosstalk phenomenon and consists of unwanted signals of fixed frequencies induced in the

telephone channel (e.g. signaling tones between the telephone terminal and the local exchange). This noise has

a stationary character, a typical example being the network hum.

The crosstalk phenomenon occurs between wire pairs in the same cable in two fundamental ways: Near End

Crosstalk (NEXT) and Far End Crosstalk (FEXT) - see Fig. 3.5.

The main causes that generate the crosstalk phenomenon on the subscriber loop are the parasitic capacitive

couplings between the neighboring pairs and the imperfect balancing to earth of the circuits. Twisting of

wires reduces significantly the effect of inductive couplings between neighboring pairs, but without completely

eliminating this coupling.
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On a cable made of twisted wires there are two types of voltages (see Fig. 3.5): a transverse (or differential)

voltage, vT , between the two wires, voltage representing the useful signal, and longitudinal voltages, vL1 and

vL2, between each wire and ground (the common point). Longitudinal voltages are usually parasitic signals

induced by capacitive couplings with different signal sources. Ideally, the difference between the longitudinal

voltages should be zero, in which case no disturbing transverse voltage is generated. [1] [4].

In Fig. 3.6 it is presented the situation in which a signal source v (e.g. the mains power supply) is coupled

through the parasitic capacitance Cc1 and Cc2 with the two wires of the twisted pair, which causes the occurrence

of two longitudinal voltages vL1 and vL2 between wires and the common ground, voltages that can be written

as:

vL1 = vMC +
vd
2

; vL2 = vMC −
vd
2

vMC =
vL1 + vL2

2
; vd = vL1 − vL2 (3.14)

where vMC is the common mode voltage, and vd is the generated differential disturbing voltage.

The situation described in Fig. 3.6 is called longitudinal-transverse coupling, and the ratio in decibels

between the longitudinal (common mode) voltage and the differential (transverse) voltage is called the Common

Mode Rejection Ratio, CMMR [1]:

RRMC = 20lg
vMC

vd
[dB] (3.15)

If the capacitances Cc1 and Cc2 are equal and the inductances L of the telephone power feeding bridge are

equal, then the longitudinal voltages vL1 and vL2 are equal and the disruptive transverse (or differential) voltage

is zero.

The situation presented in Fig. 3.6 is characteristic to the coupling between the mains power supply and

the pairs of twisted wires, in which case network hum is induced in the telephone channel.

Fig. 3.7 shows the situation corresponding to the capacitive coupling between the neighboring pairs of

twisted wires, coupling that generates the phenomenon of crosstalk and induces signaling tones and parasitic

voice signals in the affected pair.

In the case of the situation presented in Fig. 3.7 in the first circuit, the differential signal v1, a useful signal, is

transmitted, and in this circuit there is an imbalance generated by the parasitic capacitance Cd. In the absence

of this capacitance the longitudinal voltages vL1 and vL2 are identical, but in the presence of the capacitance Cd

these voltages are no longer identical. A transverse-longitudinal coupling appears between the signal source that

generates v1 and the wires of circuit 1. Due to the parasitic capacitances Cc1 and Cc2 a longitudinal-transverse

coupling appears between circuit 1 and circuit 2, that is, between the signal sources represented by vL1 and vL2

and the wires in circuit 2. In circuit 2 is generated a disruptive transverse (differential) voltage v2, even if the
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Figure 3.8: NEXT and FEXT between the pairs of a cable.

Cc1 and Cc2 capacitances are identical. The transverse-longitudinal coupling is characterized by the crosstalk

loss [1]:

across = 20lg
v1
v2

[dB] (3.16)

Other causes which lead to the phenomenon of crosstalk: inductive couplings between pairs (coupling reduced

by twisting), parasitic couplings between electronic sub-assemblies, capacitive and inductive couplings between

the tracks of the printed circuit boards and between electronic components, crosstalk induced by PCM coding

modules, excessive gain of the voice repeaters used on cable pairs.

3.3.1 Mathematical modeling of the crosstalk phenomenon

The two types of crosstalk phenomena (NEXT - Near End Crosstalk and FEXT - Far End Crosstalk) that occur

between the pairs of a cable (see Fig. 3.8) can be characterized by frequency dependent crosstalk attenuations

or losses, Anx(f) and Afx(f). The mentioned parameters can be computed according to the following relations:

[22]:

Anx(f) =
V 2(f)

V 2
nx

;Afx(f) =
V 2(f)

V 2
fx

(3.17)

If several pairs pair interfere with pair j, the sum of NEXT and FEXT interference signals is given by:

V 2
nx =

∑
i 6=j

V 2
nx,j ;V

2
fx =

∑
i6=j

V 2
fx,j (3.18)
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If it is considered a cable with k pairs of which n pairs interfere (with a given pair), at high frequencies

(> 500kHz), the crosstalk losses expressed in dB have the expressions [22] [23]:

Anx,dB (f) = Knx − 15 · ln (f) + 6 · ln (m/n)

Ael−fx,dB (f) = Kfx − 20 · ln (f)− 10 · ln (d) + 6 · ln (m/n) (3.19)

m = k − 1

where Knx and Kfx are constants of crosstalk coupling and depend on the parameters of the cable, and m is the

possible number of sources that generate interference. The frequency is expressed in MHz, and the distance

(cable length) in km. The relation changes for different types of cable as follows:

• BKMA cable for aerial installations:

Anx,dB (f) = 40.3− 15 · ln (f) + 6 · ln (m/n)

Ael−fx,dB (f) = 35.6− 20 · ln (f)− 10 · ln (d) + 6 · ln (m/n) (3.20)

• UTP CAT.3 cable, worst case function, d = 100m:

Anx,dB (f) = 41.3− 15 · ln (f)

Ael−fx,dB (f) = 51− 20 · lg (f/0.772) (3.21)

• UTP CAT.5 cable, worst case function, d = 100m:

Anx,dB (f) = 62.3− 15 · ln (f)

Ael−fx,dB (f) = 63− 20 · lg (f/0.772) (3.22)

Note: the level of the far end crosstalk signal induced in a circuit (i.e. a pair) depends both on the FEXT

loss and on the loss of the signal that generates the FEXT, loss suffered on the circuit on which this signal

is transmitted. For this reason, the EL-FEXT (Equal Level Far End Crosstalk) parameter is defined, which

represents the difference between FEXT loss and the loss inserted by the circuit on which the crosstalk generator

signal is transmitted. The previous mathematical relations, (3.20), (3.21), (3.22), give the EL-FEXT parameter

(Ael−fx), which must be considered in practice for evaluating the effect of the far end crosstalk phenomenon

[22] [24].

Note: theoretically, the NEXT loss and implicitly the level of the disturbing signal induced by NEXT does

not depend on the length of the cable, the coupling being located at the near ends of the two channels. In

reality, however, the NEXT coupling is not located in a single point and occurs on a certain length of cable.

For this reason, the ACR (Attenuation to Crosstalk Ratio) parameter is defined, which represents the difference

between the NEXT loss and the loss of a finite-length cable section, usually 100m [25].

In Fig. 3.9 it is presented the variation with the frequency of the near end crosstalk loss for the three types

of cables mentioned above, and in Fig. 3.10 it is presented the variation with the frequency of the EL-FEXT

parameter for the cable types considered, for cable sections with a length of 180m (i.e. 600feet).

Other relationships for pair-pair crosstalk according to the spectral density of the signals that generate

interference (crosstalk) are as follows [26]:

Next (f) = S (f) ·KN · f1.5

Fext (f) = S (f) ·KF · f2 · l · |H(f)|2 (3.23)

where f is the frequency in Hz, l is the length in feet, KN is a constant equal to 8.536 · 10−15, KF is a constant



D
RA
FT

38

0

10

20

30

40

50

60

70

80
0 5 10 15 20 25 30 35 40f (MHz)

aNEXT (dB)

CAT 3

CAT 5

BKMA

Figure 3.9: Variation of the NEXT loss with the frequency for BKMA, CAT.3 and CAT.5 cables.
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Figure 3.10: Variation of the EL-FEXT parameter with the frequency for BKMA, CAT.3 and CAT.5 cables for
a length of 180m.

equal to 7.74 · 10−21, S(f) is the spectral density of the interfering signal, and H(f) is the frequency transfer

function of the channel.

If there are n identical disruptive (interfering) sources, the summation of the effects can be done as follows:

Next (f, n) = S (f) ·KN · f1.5 · n0.6

Fext (f, n) = S (f) ·KF · f2 · l · |H(f)|2 · n0.6 (3.24)

The 0.6 value of the exponent is determined empirically and is especially valid for cables use in USA. Cables

in Europe have an exponent of 0.7 or 0.8. The formula has higher accuracy for a large number of interfering

signals.

3.4 Internal structure and parameters of telecommunication cables

3.4.1 Telecommunication cables used in the subscriber loop

The telecommunication cables used in the subscriber loops as well as for connecting private PBXs or other

equipment (e.g. concentrators) to the public telephone network are made up of several twisted pairs (between

tens and thousands of pairs) and are intended to operate at a maximum voltage of 150V [27] [28].

From the point of view of the positioning/installation mode, the telecommunication cables used in the

subscriber loop can be grouped as follows:

• aerial/overhead telecommunication cables mounted on walls or on poles;

• underground telecommunication cables, positioned directly in the ground or in ducts.
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Figure 3.11: General structure of telecommunication cables.

The general structure of such a cable is shown in Fig. 3.11.

The cable is made up of a number of twisted pairs, which can be four pairs in the case of cables used in

local data networks, tens of pairs in the case of overhead (aerial) lines or hundreds or thousands of pairs in the

case of buried cables. The wires are insulated with paper (in the old cable standards; the paper is a special one

with dielectric properties conforming to the requirements of the telephone networks) or with a special plastic

(with appropriate dielectric properties). The pairs form the core of the cable and the interstices between the

pairs can be filled with air (air core cables) or with a non-hygroscopic material (e.g. gel) (filled core cables) that

prevents the infiltration of moisture inside the cable. The pairs are also twisted into concentric layers according

to certain rules that depend on the number of pairs and the structure of the cable, to reduce crosstalk [29] [30].

The pairs in the core of the cable are wrapped with several protective layers (see Fig. 3.11) which provides

protection against moisture (plastic in new cables or paper layers in old cables), sheaths or strips/foils (lead

sheath in old cables, aluminum strips/foil in new cables) that provide electromagnetic shielding and can also

provide protection against moisture in certain situations (e.g. if using metallic sheath), steel armor (in the case

of old cable) or a steel strip (in the case of new cables) to ensure physical resistance. Over the steel sheath/strip

a protective coating is applied, coating made of plastic, rubberized plastic or bitumen-coated textiles in the case

of older cables.

The main parameters of the cables used in the subscriber loop are:

• the electrical resistance measured on the physical circuit (pair) in DC at a temperature of 20◦C. It has

values between 57Ω/km (2× 0.9mm) and 284Ω/km (2× 0.4mm).

• the insulation resistance of each wire to all other wires connected together to the metal sheath

(5000MΩ/km).

• the working capacity measured at 800Hz between one pair and the other pairs connected together to the

metal sheath (40− 60nF/km).

• the attenuation (at 800Hz) computed according to the relation:

α =

√
ωRC

2
[Np/km] (3.25)

where R is the electrical resistance of the pair of wires in Ω/km, C is the nominal or maximum capacitance

of the pair in F/km, and ω is the angular frequency in rad/s.

• the breakdown voltage: finite length cable must support these voltages without having breakdown for a

minute:

– a voltage of 1500V applied between the metal sheath connected to the ground and all wires connected

together;

– a voltage of 500V applied between all the first wires of each pair connected together and all the other

wires (the second wire of the pair) connected together.
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Figure 3.12: Transmission circuits organized in quads.

3.4.2 Telecommunication cables used in the transport network

The transport network provides connections between the local and transit switching nodes of the telephone

network [27] [28]. In modern telephone systems these connections are made on optical fibers and only in

certain cases are used telecommunication cables, e.g. when connecting PCM concentrators/multiplexers to

local exchanges, connecting small capacity exchanges to transit exchanges, etc. These cables are designed to

operate at a maximum voltage of 250V and, unlike the cables in the subscriber loop, a duplex communication

channel is made of two pairs of wires, i.e. 4-wire duplex transmission. The four wires form a quad and there

are two main types of quads (see Fig. 3.12):

• double pair or DM (Diesel Horst - Martin) quad - two twisted pairs are formed with a certain twisting

step, then the two pairs are twisted together with another step.

• star quad - the 4 wires are twisted together using a certain step.

The pairs of the quad, respectively the quads, can be covered with a plastic film and possibly with an

aluminum foil, the latter ensuring the shielding of the pairs respectively of the quad.

In digital networks such cables can be used for transmissions of primary PCM frames or PDH frames.

The main parameters of the cables used in the transport network are:

• the electrical resistance of a pair measured in DC at a temperature of 20◦C, must have values between

57Ω/km (2× 0.9mm) and 32Ω/km (2× 1.2mm).

• the insulation resistance measured between a wire and all other wires connected together to the metal

sheath of the cable and must be at least 10000MΩ/km.

• the nominal capacity, measured at the frequency of 800Hz between the wires of one pair and all other

wires connected together to the cable sheath; should be at most 26.5nF/km for high frequency circuits

and 38.5nF/km for low frequency circuits.

• the attenuation constant which is the real part of the propagation constant and must have the following

values:

– 75mNp/km la f = 800Hz for low frequency circuits;

– 240mNp/km la f = 120kHz for high frequency circuits;

– 350mNp/km la f = 240kHz for high frequency circuits.

• the test voltage: each finite length of cable must withstand, without breakdown, for one minute the

following voltages:
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Figure 3.13: 38/5000 The structure of a 4-pair UTP cable.

– a voltage of 2000V (50Hz) applied between the metal sheath connected to the ground and all the

wires of the circuits connected together;

– a voltage of 500V (50Hz) applied between any of the wires of a quad (one wire) and all other wires

of the quad connected together.

3.4.3 Other aspects related to the structure of telecommunication cables

Depending on how the electromagnetic shielding of the twisted pairs of the cable core is made, shielding that

reduces the crosstalk between the pairs and the external interferences, the following types of cables can be

identified [31] [32]:

• UTP (Unshielded Twisted Pair) cable: there is no pair shielding nor cable shielding against external

interference. It is the cable with the lowest price, but it is also the easiest to install, being more flexible

than the shielded cables. UTP cables are typically used for indoor cabling, an environment in which

electromagnetic interference is usually lower. It is widely used for the implementation of local data

networks (Local Area Network - LAN). Fig. 3.13 shows the internal structure of a 4-pair UTP cable (used

in data networks), and Fig. 3.14 shows a picture with the internal structure of such a cable.

• S-UTP (Screened Unshielded Twisted Pair) cable: also called Foiled Twisted Pair (FTP) cable, the pairs

are not shielded, but there is a screen of the cable (metal foil wrapped over the core of the cable) that

protects the pairs against external interference. The structure is similar to the cables used in the subscriber

loop. Fig. 3.15 shows the internal structure of a 4-pair S-UTP cable (used in data networks), and Fig.

3.16 shows an image with the internal structure of such a cable.

• STP cable (Shielded Twisted Pair): the cable pairs are shielded (each pair is wrapped with a metal foil),

but there is no cable shield. This type of cable substantially reduces the crosstalk between the pairs and

at the same time protects the pairs against external interference. The cable is more expensive and at the

same time more difficult to install due to the low flexibility of the internal structure. This type of cable is

worth using in high speed data transmission systems, where a high noise signal ratio is required to ensure

high transmission capabilities. Fig. 3.17 shows the internal structure of a 4-pair STP cable.

• S-STP (Screened Shielded Twisted Pair) cable: also called S-FTP (Screened Foiled Twisted Pair), the

individual pairs are shielded by wrapping a metal foil around each pair and the cable also has a separate

shield. This cable ensures a significant reduction of the crosstalk between pairs and at the same time greatly

reduces the effect of external interference. The cable is expensive, difficult to install and is intended for

high-speed data transmission systems. Fig. 3.18 shows the internal structure of a 4-pair S-STP cable and

Fig. 3.19 shows a picture with the internal structure of such a cable.
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Figure 3.14: Twisted pairs of a UTP cable.
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Figure 3.15: The structure of a 4-pair S-UTP cable.

Figure 3.16: Twisted pairs of S-UTP cable.
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Figure 3.17: The structure of a 4 pair STP cable.
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Figure 3.18: Structure of a 4-pair S-STP cable.

Figure 3.19: Twisted pairs of S-STP cable.

Other issues to be considered refers to the installation of cables (i.e. wiring of access networks or local

telephone or data networks) [33] [34]. An ideally twisted pair, meaning all turns are identical and the pair

shows perfect symmetry, performs better in terms of bandwidth and attenuation distortions than a coaxial

cable. Unfortunately, such a cable can not be manufactured, being impossible to ensure a perfect symmetry of

the twisted pair. The symmetry of the pair is also affected by the installation process. Due to the bending of

the cable in the installation process, certain pairs loosen (they change the geometry) and alter the symmetry of

the cable. The process is illustrated in Fig. 3.20 [30] [34]. The figure also shows the asymmetry of the twisted

pairs, that is the variable distance between the wires of the twisted pairs. A solution to the problems mentioned

above is the so-called bonded pair cables. In this case the two wires of the pair have bonded/joined insulation

(see Fig. 3.21), which greatly improves the symmetry of the twisted pair, i.e. the wires in the pair are equally

spaced in each turn. In addition, as can be seen in Fig. 3.21, if the cable is bent in the installation process the

wires do not loosen and do not alter the symmetry of the cable [34]. The disadvantage of such a cable is the

higher price compared to the ”simple” twisted cables.

Regarding the internal structure of a cable, the concept of category of a cable should be mentioned [29]

Figure 3.20: ”Simple” twisted pairs.
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Figure 3.21: ”Bonded” twisted pairs.

[30] [35]. This concept refers to the performance of a cable in terms of bandwidth, shielding against external

interference and reduction of interference between pairs. The category of a cable depends on the internal

symmetry (that is, the accuracy of the twisting step) and the shielding used (that is, the shielding of the whole

cable and/or the shielding of the individual pairs). In telephone networks can be used category 3 cable (CAT.3),

which also allows data transmission at medium rates (several Mbps). Only for voice transmissions can be used

even lower category cable. For local data networks (data rates of 100Mbps or 1Gpbs) category 5 cable (CAT.5

or CAT.5E - improved category 5) or category 6 cable (CAT.6 and CAT.6E) can be used. Category 7 cables

(CAT.7 and CAT.7A) are S-STP cables with pair and cable shielding and are used in very high data rate

(10Gbps) local data networks.

Another aspect, closely related to the process of installing cables in buildings, concerns the insulating

material used in the insulation of the pairs and in the plastic coats/sheaths of the cables [36] [37] [38]. The

plastic insulation (usually polyethylene) of most cables is flammable and generates a lot of heat and toxic smoke

upon ignition. All these are serious problems in the event of a fire. There are, of course, fire resistant plastic

materials that can be used to insulate cables (e.g. flame retardant polyethylene, polyvinyl chloride, ethylene

fluoride propylene, etc.), but cables made with these insulation are more expensive. In an indoor wired network,

two types of cables can be identified, namely (see Fig. 3.22):

• vertical cables or ”Riser” cables: these are the cables that connect the floors of a building, i.e. the

connection panels on different floors. The volume of these cables is lower and thus have a small effect in

the event of a fire, although they can be a way of spreading fire between floors. As a rule, a less fireproof

insulation of these cables is allowed.

• horizontal cables or ”Plenum” cables: these are the cables that connect the terminals to the connection

panels. The volume of these cables is large or even very large (if there are a large number of terminals

on the floor of the building) and thus have a great effect in the event of a fire. These cables can be

fire propagating pathways and in addition can maintain fire and produce a high volume of toxic smoke.

Usually these cables must have a better quality fireproof insulation.

The selection of the type of cable used in indoor wiring (more precisely the type of cable insulation) must

take into account the mentioned aspects, aspects as important as the electrical characteristics of the cables.

Note: connection panels from different floors are not necessarily simple panels with connectors but may

include switches, repeaters, multiplexers, hubs etc.

3.5 Application

1. The equivalent diagram of a cable section is analyzed. Analyze the variation with the frequency of the

primary parameters in some concrete cases (tables with the variation of the primary parameters with

frequency are available in the laboratory).

2. Using an RLC-meter, the primary parameters of a CAT.5 UTP cable segment of 305m in length are

measured. Compare the measured values with the theoretical values. Multiple CAT.5 UTP cable segments
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Figure 3.22: Types of cables used in wiring inside a building.

are concatenated (2-3 segments) and the primary parameters are measured. Compare the measured values

with the theoretical values.

3. The importance of the characteristic impedance is identified. The mode of calculation of the characteristic

impedance is analyzed in the whole frequency band, respectively in the telephone band. Analyze the

variation of the characteristic impedance with frequency in some particular cases.

4. Analyze the calculation of the attenuation constant and the phase constant in the entire frequency band,

respectively in the telephone band. Analyze the variation with the frequency of these parameters in some

particular cases.

5. The empirical attenuation calculation formulas for different types of cable are analyzed. The attenuation of

a 305m long CAT.5 UTP cable segment is measured. In order to ensure the symmetry of the transmission

medium, the test signal generator and the measuring device (e.g. oscilloscope or spectral analyzer) will be

separated from the cable segment by transformers; the impedance matching (at least partially) at the two

ends of the cable will be ensured. Compare the measured values with the theoretical values. Repeat the

experiment described for a longer segment of CAT.5 UTP cable (2-3 segments of 305m are concatenated).

6. The process of generating the crosstalk between the pairs of a cable is analyzed and the next experiment,

described in Fig. 3.23 is performed:

• the Tf 1A phone connects to a PBX exchange on a pair of a CAT.5 UTP cable segments.

• the Tf 2A phone connects to the PBX exchange on another pair of a CAT.5 UTP cable segments. This

phone will be a rotary dial phone, to which it is easier to connect a measuring instrument/oscilloscope

in the reception circuit.

• phones Tf 1B and Tf 2B connect directly to the PBX ports. The Tf 2B phone will be a rotary dial

phone for the reasons stated in the previous point.

• phones Tf 3A and Tf 3B connect directly, without going through the PBX, using another pair of

the CAT.5 UTP cable. These phones will be rotary dial phones that do not require power for the

receiving circuit and can be easily connected to a measuring instrument/oscilloscope.
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Figure 3.23: Experimental measurement of the crosstalk generated by the unbalance of the twisted pairs to
ground.

• the PBX exchange can be connected on a serial communication port (COM port) to a PC computer,

from which the PBX can be controlled/configured. If this connection is made the PBX and the

computer will have a common ground signal.

In the conditions described in the figure mentioned above, the impedance matching is ensured and the

transmission channels unbalance to ground due to the measuring instruments used is avoided. The

experiment has two phases, namely:

• the PBX exchange is disconnected from the computer. A telephone connection is made between

phones Tf 1A and Tf 1B. The Tf 1A phone will generate the source signal for the crosstalk: voice

signal or other signal applied to the microphone or DTMF signaling tones. A telephone connection

is made between phones Tf 2A and Tf 2B. The amplitude of the NEXT signals is measured in the

reception circuits of the Tf 2A and Tf 3A phones. The amplitude of the FEXT signals is measured

in the reception circuits of the Tf 2B and Tf 3B phones.

• the PBX exchange is connected to the computer and the two equipments will have a common ground,

which will lead to unbalance of the pairs to ground. The amplitude of the NEXT signals on the Tf 2A

and Tf 3A phones is measured and the amplitude of the FEXT signals is measured on the Tf 2B and

Tf 3B phones. Compare the measured values with those obtained at the previous point.

7. The empirical calculation formulas of the crosstalk loss for different types of cable are analyzed. The

crosstalk (NEXT and FEXT) loss between the pairs of a 305m long CAT.5 UTP cable segment is measured.

The experiment, described in Fig. 3.24, consists of applying a test signal on one pair and measuring the

signal level at the end of another pair. In order to ensure the symmetry of the transmission medium, the

test signal generator and the measuring device (e.g. oscilloscope or spectral analyzer) will be separated

from the cable segments by transformers; the impedance matching (at least partially) at the ends of the

pairs involved in the test will be ensured. Compare the measured values with the theoretical values.

Repeat the experiment described for a longer segment of CAT.5 UTP cable (2-3 segments of 305m are

concatenated).

8. The internal structure of some cables used in telephone networks as well as of a CAT.5 UTP cable is

analyzed. The importance of the parameters that characterize the telecommunication cables is identified

and the way of defining these parameters is analyzed.

9. Analyze the (indoor) wiring of a multi-storey building. Identify the challenges raised by this process and

propose possible solutions.
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Figure 3.24: Experimental measurement of crosstalk loss between twisted pairs.

3.5.1 Exercises

1. The primary parameters of a cable at 1591.549Hz (ω = 10000rad/s) frequency are 68Ω/km and 68nF/km.

What load impedance must be connected to the cable end in order to have at the opposite end an input

impedance equal to the load impedance? Does this impedance depends on the cable length?

2. The primary parameters of a cable at 1591.549Hz (ω = 10000rad/s) frequency are 100Ω/km and

40nF/km. If a sinusoidal signal with amplitude 1V and phase 0 rad is applied at the input of the cable

with length 2400m, calculate the amplitude and phase of the signal obtained at the output of the cable.

3. The transmission parameters of a cable segment are: A11 = A22 = 2, A12 = 3, A21 = 2. If the load

impedance connected to the cable output is set to Zs = 2− j3, calculate the cable input impedance.

4. It is considered a BKMA cable with the length of 3km which has 50 pairs of which 10 pairs interfere (with

a given pair). Calculate the NEXT loss at frequencies: 4kHz, 80kHz, 120kHz and 240kHz. Calculate

the EL-FEXT parameter at the above mentioned frequencies.

5. It is considered a 25-pair BKMA cable segment with a length of 400m on which an ADSL data signal

with a power spectral density of −40dBm/Hz is transmitted. Calculate the NEXT and FEXT crosstalk

signal at frequencies 500kHz, 1MHz, 1.5MHz and 2MHz, if 4 pairs, 12 pairs, respectively all pairs

interfere (with a given pair). Redo the calculations for a cable length of 1200m. Analyze the results

obtained. Calculate the signal/crosstalk ratio (separately for NEXT and FEXT) for the cable lengths and

frequencies considered.

3.6 Annex

In Fig. 3.25 it is shown the patch panel to which 4 segments of CAT.5 UTP cable are connected in a certain

way. These cable segments are used for measuring the parameters of the cables (attenuation, crosstalk loss,

primary parameters, etc.) as well as for emulating subscriber loops. In order to be able to connect in parallel

with the twisted pairs terminal equipment, signal generators and different measuring instruments and to be

able to concatenate the segments, each end of the cable is connected in parallel to three sockets, as shown in

Fig 3.25.

———————————————
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Figure 3.25: Connection panel for test cables.
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Chapter 4

Wiring a telephone network

4.1 Introduction

The chapter proposes to present some basic aspects related to the wiring of a telephone network, but without

making an exhaustive presentation of this problem, which is otherwise impossible due to the limited time

devoted to studying the issues in question. To a certain extent, aspects related to the wiring of a data network

are reached, the full separation of the telephone and data networks not being possible. The chapter presents the

connectors used to connect voice and data terminals, the connection equipment used on the subscriber loop and

some of the principles used to install/wire these connection equipment. As a practical application it is proposed

to create a telephone network that connects several telephone terminals to a PABX telephone exchange through

subscriber loops that include communication cables and connection devices and equipment.

4.2 Indoor wiring of telephone and data networks

In Fig. 4.1 it is presented the schematic diagram of an indoor network, which contains a connection/junction

box (or panel) where the transmission medium coming from outside is connected. This transmission medium

may be represented by a twisted pair cable or a fiber optic cable [27] [28]. In the case of an optical transmission

between the access point to the network (that is, the local exchange in the case of a telephone network) and

the user or in the case of multiplexing several individual channels on a broadband channel, the connection box

will also include the optical-electrical conversion equipment and/or the necessary multiplexing equipment, in

addition to the connection equipment.

From the connection box come out individual cables to the sockets to which the terminal equipment can be

connected. For telephone sockets, a flat cable, without metallic shield, with 2, 4, 6 or 8 non-twisted stranded

wires, with a diameter of 0.15mm, is usually used. The most commonly used cable is with 2 or 4 wires. The

short length of these cables, the low crosstalk (a separate cable is used for each terminal), and the low level

of interference in an indoor environment (at least in most situations) allows the simple construction described

Plug
Socket

Data terminal/ 

telephone

Indoor cablingJunction 

box/ Patch 

panel

Outdoor cable

Socket

Patch 

cable/cord

Junction 

box Socket

Figure 4.1: Wiring an indoor network.
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Figure 4.2: 6P4C dual telephone socket.

above. Only two wires are required to connect an analog telephone, and 2 or 4 wires are required to connect

a digital telephone, but in some cases additional pairs are required, e.g. for remote power feeding (some pairs

are used only for power feeding, thus providing a higher power supply current), for additional ringer or other

signaling operations. The cord with plug that connects the terminal to the socket is also made up of a flat cable

with several wires, usually 2 or 4 wires.

Note: the non-twisted flat cable can also be used to connect (to the distribution panel) some low or medium

bit rate data equipment.

Over time, different types/standards of connectors used in telephone networks have been developed, but

in current networks, so-called Registered Jack (RJ) connectors are used. These standards refer both to the

structure of the socket and the plug/jack as well as to the connection of wires (wiring/crimping) to these

connecting equipment.

RJ modular connectors have four different sizes, i.e. they can have 4, 6, 8 or 10 locations for pins (RJ50

connector with limited use in some proprietary data systems has 10 locations), and sometimes not all

contacts/pins are installed. For example, the jacks used for telephone equipment have 6 locations for pins, but

usually there are only 4 pins in the jack. For modular RJ connectors, the notation xPyC is used, where x is

the total number of positions/locations for the pins, and y is the number of pins or existing contacts

(installed).

For indoor wiring of telephone networks, the connectors 4P4C (RJ9), 6P2C, 6P4C and 6P6C are usually

used [39]. The 4P4C connector is typically used to connect the handset to the phone, 2 wires are used for the

microphone (outer wires) and 2 for the headphone/speaker (inner wires). The 6P2C (RJ11), 6P4C (RJ14) and

6P6C (RJ25) connectors are used to connect the telephone devices to indoor cables, the difference between these

connectors consisting only of the number of pins/contacts. In the usual technical language these connectors are

usually ”confused” and are used as RJ11.

Note: the 8P8C connectors (RJ33X, RJ34X, RJ35X) [39] are used to deploy telephone networks with small

number of private extension (terminals), networks in which a terminal can have direct connections to multiple

terminals (i.e. the so-called ”key telephone systems” or KTS). The importance of these types of networks has

decreased due to the spread of PABX exchanges.

The connection of the wires to the sockets of the modular connectors mentioned above is usually done

with a screw system (see Fig. 4.2 and Fig. 4.3), which requires the separation of the pairs and stripping of

the wires, operations that alter the transfer characteristic of the twisted pairs, that is, increases the crosstalk

and impedance mismatches appear at the connection between the pair and the socket. The problem of the

impedance mismatch also occurs in the case of cables with non-twisted wires.

Note: separation of the pairs for the connection to the socket must be done on a section as small as possible in

order to limit the effects mentioned above. The aforementioned effects are lower (they may even be ”neglected”)

in telephone networks, but they are very important in data networks, especially in high-speed networks.
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Figure 4.3: 8P8C telephone socket.
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Figure 4.4: 6P4C and 8P8C plugs.

The system for fastening the wires in the plugs of the aforementioned connectors (see Fig. 4.4 and Fig. 4.5)

is of IDC (Insulation Displacement Contact) type, also called as IPC (Insulation Piercing Contact). When the

plug is tightened with the crimping pliers the pins cut into the insulation of the wires and make contact with

the conductors and at the same time secures the wires. For the mechanical fastening of the wires in the plug

there is also provided a special ”tooth” in the plug (see Fig. 4.4), which presses on the cable cover and ensures

better attachment of the plug to the end of the cable.

The mode of assigning the pairs to the pins of the 6P4C and 8P8C connectors in the telephone networks

and the numbering of the pins of these jacks/plugs is presented in Fig. 4.4 [39] [40] [41]. It can be seen the

”concentric” assignment of the pairs, the first pair is connected to the pins in the middle, the next pair to the

pins located near the middle and so on. The assignment of pairs to the pins of the jacks used in telephone

networks, RJ11, RJ14 and RJ25, and the color code used to identify the pairs in the cables used for indoor

wiring are presented in the table Tab. 4.1.

Note: the T/R abbreviations in 4.1 refer to the wires in the telephone pair, namely T - Tip (positive polarity)

Figure 4.5: 6P2C and 6P4C plugs installed on the cable.
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Table 4.1: Assignment of the pairs to the RJ11, RJ14, RJ25 jacks and the color code used to identify the wires.
Position Pair T/R RJ11 RJ14 RJ25 Old colors Cat5e/6 colors

1 3 T T3 orange white-green
2 2 T T2 T2 black white-orange
3 1 R R1 R1 R1 red blue
4 1 T T1 T1 T1 green white-blue
5 2 R R2 R2 yellow orange
6 3 R R3 blue green

IDC 

connectors

8P8C 

sockets

Figure 4.6: Double network socket.

and R - Ring (negative polarity).

Modular connectors of 8P8C type are also used for wiring data networks. Local area networks (LANs)

using Ethernet technology (one of the most used LAN technologies) use the 8P8C RJ45 connector, with the

plugs wired according to the TIA/EIA standard [39] [42]. The cables used to connect the equipment from the

Ethernet network are UTP cables with 4 twisted pairs of category CAT.5e or CAT.6. The high transmission

rates (10Mbps - Ethernet, 100Mbps - Fast Ehernet or 1Gbps - Gb Ethernet) require the twisting of the pairs

and the use of higher category cables.

The sockets used in the Ethernet data networks have an IDC type wire fastening system, which requires

loosening the pairs on a shorter length and makes it possible to install the cable more securely. In Fig. 4.6 a

double network socket is shown where the system used for fastening the wires can be observed. It should be

remembered that in the case of data networks the wiring of sockets and jacks should be done more carefully so

as to be affected as little as possible the homogeneity and symmetry of the pairs, in order to avoid as much as

possible the decrease of the crosstalk loss between the pairs and the generation of impedance mismatch at the

connections between pairs and the connection equipment.

Note: there are special sockets for S-UTP (or FTP) cables, sockets where the 8P8C connector has a metal

casing and there is a mounting system specifically designed for the cable shield. The 8P8C plugs for S-STP

cables also have a metal casing.

Note: there is compatibility between the xPyC modular plugs and sockets of different types, which simplifies

the wiring of indoor networks and the use of common connection equipment for telephone and data networks.

For example, a 4P4C jack can be plugged into a 6P6C socket, and a 6P6C jack can be plugged into a 8P8C

socket. The pins of the smaller jack will ”step” on the central pins of the larger socket. Inserting/removing a

smaller jack into/from a larger socket must be done carefully to avoid the damage/deformation of the marginal

pins in the socket.

The wiring of the pairs of UTP cables used in data networks in the 8P8C RJ45 jack is specified by the

TIA/EIA-568 standard (see Tab. 4.2 and Fig. 4.7 ) so that there is compatibility with the telephone networks.

There are two modes of positioning the wires, namely according to standard T568A and T568B respectively

[39] [42]. A cable that is wired according to the T568A standard at one end and the T568B standard at the

other end is a crossover cable. These cables were used for interconnecting data equipment of the same type (e.g.
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Figure 4.7: 8P8C jack wired according to T568A.

Table 4.2: Wiring of UTP cable pairs in RJ45 jacks.
Position T/R 568A pair T568A colors 568B pair T568B colors

1 T 3 white-green 2 white-orange
2 R 3 green 2 orange
3 T 2 white-orange 3 white-green
4 R 1 blue 1 blue
5 T 1 white-blue 1 white-blue
6 R 2 orange 3 green
7 T 4 white-brown 4 white-brown
8 R 4 brown 4 brown

two data terminals/PC), before using the auto-MIDX capabilities (i.e. automatic detection of the pairs used for

transmission/reception). The current network cards implement auto-MIDX. A cable that is wired identically

at both ends is called a patch cable. In the case of the T568A plug, the green pair is interchanged with the

orange pair.

Regarding the wiring of pairs in the RJ45 jack, the following aspects can be mentioned:

• the concentric wiring of the pairs according to the rules used in the telephone networks is not usable in

the data networks because the pair that would connect to the marginal pins would have to loosen too

much, which would negatively influence the crosstalk loss between the pairs.

• Ethernet transmissions at 10Mbps and 100Mbps rates use 4-wire duplexing, meaning one pair is used for

transmission and one for reception, and thus remain two unused pairs (brown and blue pair) of the four

pairs of the UTP cable. In case of transmission at the 1Gbps rate all four pairs of the UTP cable must

be used.

• the unused brown pair, connected to pins 7-8 of the RJ45 socket respectively jack may be used for the

remote power feeding of the network card from a switch or router.

• the unused blue pair, connected to pins 4-5, the central pins of the RJ45 jack and socket respectively, can

be used for an analog telephone connection. A telephone cord with a 6P2C RJ11 jack will step over pins

4-5 of the 8P8C RJ45 network socket. Thus, a data terminal or an analog telephone can be connected to

a network socket. If a dual network socket or a combined RJ45 - RJ11 socket is used and the blue pair

is connected to one of the sockets, and the orange and green pairs to the other socket, a UTP cable with

four pairs can provide at the same time a telephone and a data connection - see Fig. 4.8.

• the blue pair connected to pins 4-5 of an RJ45 socket and the orange pair (T568A) or the green pair

(T568B) connected to pins 3-6 of the RJ45 socket (that is, positioned outside the blue pair) can be used

to connect a digital telephone that works on 4 wires. In this case, only the digital telephone can be
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Figure 4.8: Combined network and telephone socket and pinouts for the telephone and data sockets.

RJ11 sockets

Figure 4.9: Connection panel of an 8-user ADSL access multiplexer made of RJ11 sockets.

connected to the UTP cable with four pairs and it is not possible to connect a data terminal because the

3-6 pair is used for the telephone.

4.3 Connection panels and boxes

Connection panels installed on telephone network equipment serving a small number of users can be made

of RJ11 sockets. This is the case of small capacity PBX echanges, multiplexers, xDSL equipment with small

number of ports, etc. In Fig. 4.9 can be seen the connection panel of an 8-port (users) ADSL access multiplexer.

To each user is assigned one port for the subscriber loop and one for the connection with the telephone switching

equipment, so 2 pairs for each user, i.e. two 6P2C RJ11 sockets for each user. A similar situation occurs in the

case of the Evolio 308 A-Call PABX exchange with 8 extensions and 3 external lines, each port being accessible

via a 6P2C RJ11 socket.

This solution for making the front panel is not suitable for telephone network equipment that serve a

larger number of users, even if this number is not very large, because the RJ11 sockets take up a lot of space.

For example, the HiPath 1120 small capacity PABX exchange (8 analog extensions, 4 extensions for system

telephones, 2 external lines) uses Dinkle connector blocks with spring based wire attachment system (see Fig.

4.10) [43]. Using such connector blocks, can be made compact panels with a large number of ports, which can

be used in the case of medium or large capacity telephone equipment.

Modular connectors with a larger number of pairs, such as the RJ21 connector, have been standardized to

make compact telephony equipment panels. [44]. This connector has 25 pairs (50 wires) and can provide 25

standard telephone ports. In Fig. 4.11 the RJ21 socket is shown, and in Fig. 4.12 it is presented the connection

panel of an ADSL2+ access multiplexer made of an RJ21 socket. The ADSL2+ module serves 12 users, each

user having associated two ports (i.e. two pairs), one to which the subscriber loop is connected and one to
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Figure 4.10: Connection panel of a low capacity PABX made of Dinkle connector blocks.

which the port of the telephone switching equipment is connected. So, in total, 24 pairs are required to connect

the ADSL2+ access multiplexer to the network and if a RJ21 socket is used a pair (out of the 25) will not be

used. The assignment of the pairs to the pins of the RJ21 socket and the color code used to identify the pairs

from the cable to which they are connected are presented in table Tab. 4.3.

Table 4.3: Wiring of the RJ21 jack and the color code used to identify the pairs.
Color Pin (Tip) Pin (Ring) Color

white-blue 26 1 blue-white
white-orange 27 2 orange-white
white-green 28 3 green-white
white-brown 29 4 brown-white
white-gray 30 5 gray-white
red-blue 31 6 blue-red

red-orange 32 7 orange-red
red-green 33 8 green-red
red-brown 34 9 brown-red
red-gray 35 10 gray-red

black-blue 36 11 blue-black
black-orange 37 12 orange-black
black-green 38 13 green-black
black-brown 39 14 brown-black
black-gray 40 15 gray-black
yellow-blue 41 16 blue-yellow

yellow-orange 42 17 orange-yellow
yellow-green 43 18 green-yellow
yellow-brown 44 19 brown-yellow
yellow-gray 45 20 gray-yellow
violet-blue 46 21 blue-violet

violet-orange 47 22 orange-violet
violet-green 48 23 green-violet
violet-brown 49 24 brown-violet
violet-gray 50 25 gray-violet

A larger indoor telephone network (e.g. covering several floors of a building and several rooms on each

floor) includes several connection boxes (or terminal boxes), the connection equipment in these boxes allowing

interconnection of cable segments that connect between different parts of the network (e.g. between the floors

of a building) as well as the interconnection of the main cable segments with the terminal cable segments (at

the end of which the sockets are installed) [27] [28]. In Fig. 4.13 it is shown the internal structure of a 50-pair

connection box used in indoor telephone networks. In the figure you can see the connector blocks (or terminal

strips) (5 blocks/terminal strips of 10 pairs), the cable fastening system, the grounding (earthing) socket and

the pairs assignment table on the inside of the box lid. The box shown in Fig. 4.13 is made of plastic (being

installed indoors it does not have to provide protection against moisture and other elements), but there are also

metal indoor boxes.

The 10-pair connector block (or 10-pair terminal strip), a component of the connection boxes used in both
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Figure 4.11: RJ21 modular connector jack with 25 pairs.
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Figure 4.12: Connection panel of an ADSL2+ access multiplexer with 12 users made of an RJ21 connector.
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Figure 4.13: Connection box with 50 pairs for indoor telephone networks.
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Figure 4.14: Krone type terminal strip with 10 pairs.

Gas surge arresters

Figure 4.15: Block of gas surge arresters.

indoor and outdoor networks, is shown in Fig. 4.14. The strip uses an IDC type wire clamping system, which

ensures an easy and safe installation of the wires. In the case of some types of connectors, such as Krone

terminals [45], the contacts associated with the wire clamping system can be interrupted separately for each

pair with the help of plastic wedges and thus it is possible to isolate the individual segments that make up the

subscriber loop, which is very useful in network maintenance operations [27].

Note: connecting the wires to the connector blocks mentioned above requires loosening of the pairs on

a larger length, but the negative effects of this procedure on the crosstalk loss and impedance matching are

acceptable in a telephone network.

In the case of outdoor aerial telephone lines (installed on poles or building walls) it is necessary to protect

the telephone equipment from the voltage surges that can occur mainly due to electrical discharges in the

atmosphere. There are different types of surge arresters (surge protector/surge arrestor), of which can be

mentioned mention those made of metal oxide varistors (MOV) or gas surge arresters (gas discharge arrestor)

[27] [46] [47]. In Fig. 4.15 it is shown a block of gas dischargers (block of 10 units) that can be installed on the

Krone connector blocks mentioned above.

Note: the protective elements of the ”surge arrestor” channel the overvoltage to the ground and for this

reason two arresters (each connected to one wire of the pair) are used with a common pin between them, pin

that connects to the ground. The terminal strips used in the connection boxes have a separate earthing circuit

to which the common pin mentioned above is connected. Of course, the earthing circuit of the terminal block

is connected to the earthing socket of the connection box.

Data equipment (switch, router, hub, etc.) has the connection panel usually made of RJ45 sockets. The use

of 4 pairs for each individual connection and the much tougher conditions imposed for the crosstalk loss justify

such a solution, even if it takes up more space. Switching/routing equipment with a large number of ports can

also use RJ21 type connectors in the connection panel. The RJ21 connection usually will only be used between

the switching equipment and a connection panel (patch panel).

The connection panels used in data networks (patch panels) are also made of RJ45 socket blocks, for the

reasons stated above. In Fig. 4.16 it is presented a patch panel with 48 RJ45 sockets, organized in groups of 6

sockets. The wiring is done with an IDC system identical to the one shown in Fig. 4.6. Connection panels and

switching and routing equipment are mounted in cabinets of different sizes. Due to the compatibility between
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Figure 4.16: Patch panel (connection panel) with cu 48 sockets.
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Figure 4.17: Wiring diagram of an indoor telephone network.

the RJ45 sockets and the RJ11 sockets, the connection panels for the telephone equipment also can be made of

patch panel units, ensuring a convergence of the telephone and data networks.

4.4 Other aspects

Wiring of outdoor telephone networks comply with the principles that have been discussed in the paragraphs

above, existing in principle the following differences:

• the connection panels of the large-capacity telephone exchanges (called also distribution frames) are

composed of a large number of connector blocks; in modern networks, connector blocks with IDC type

wiring system are usually used.

• the subscriber loop is composed of multiple cable segments interconnected using terminal boxes

(terminal cabinets). These boxes/cabinets must be robust to prevent unauthorized access and must

provide protection against atmospheric weather. The pairs interconnection equipment are made up

connector blocks of different types, the IDC blocks being used in modern systems.

• outdoor telecommunication cables have a large number of pairs and specific color codes are used to identify

the pairs.

• the connections between various equipment (multiplexers, switches, concentrators, xDSL access

multiplexers) are done in modern networks using optical cables.

Wiring of outdoor data networks, except for a few particular cases (e.g. xDSL data network using the twisted

pairs of the telephone access network) is done with optical cables.
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4.5 Application

1. Consider the RJ11, RJ45, RJ21 modular connectors used in the wiring of telephone and data networks.

The constructive elements of the sockets and plugs/jacks of the modular connectors considered are

identified. Analyze how to connect the wires to the pins of the RJ11 and RJ45 jacks and how to connect

the wires to the RJ11 and RJ45 sockets.

2. Analyze how to use the crimping tools used for wiring of the RJ11 and RJ45 jacks.

3. Analyze how to use the tools used for wiring of the IDC type RJ45 sockets.

4. Consider a double RJ45 socket or a RJ45-RJ11 combined socket. Install at one end of a 4-pair UTP cable

an RJ45 jack, and connect the opposite end of the cable to the double or combined socket so that an

analog telephone can be connected at one of the sockets and a data terminal at the other socket. Find a

solution for connecting the cable to a PBX port and an Ethernet switch port (at the same time).

5. Modify the connection of the UTP cable to the double socket so that it is possible to connect a digital

telephone that works on 4 wires, to one of the sockets of the double socket. Can a digital telephone and

a data terminal be connected to the dual socket at the same time?

6. Consider the 10-pair block connectors (terminal strips) used in the connection boxes. Identify the

constructive elements and analyze how to mount the block connectors in the connection boxes.

7. Analyze how to use the crimping tools used for wiring the connector blocks (terminal strips) used in the

connection boxes.

8. Build the telephone access network presented in Fig. 4.17 which includes one or two connection boxes (the

section between points A and B can be replaced by two connection boxes connected by a cable segment),

as well as all the elements necessary for connecting analog telephone terminals to a PBX exchange.

Practice the installing of the pairs (wiring) in the telephone sockets and in the connector blocks used in

the telephone connection boxes. Analyze how the cable segments may be isolated and the way in which

the connector blocks may be fitted with surge protection elements.

———————————————
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Chapter 5

Definition of level and attenuation in

telephone networks

5.1 Introduction

Defining the signal levels and the attenuations (or losses) of the circuits and transmission lines, respectively of

the units of measure used for these parameters is very important in telecommunications networks. It is also

important to define the reference points relatively to which certain levels or attenuations (or losses) are defined,

as well as the character of the load impedances.

The chapter aims at understanding of the concepts mentioned above as well as how to determine or measure

the levels and attenuations (losses) in a telephone network. It is important to specify that the definition of levels

and attenuations (losses) is generally valid in any telecommunications network, even if certain particularities

may arise in the case of certain networks.

5.2 Signal levels

The level by definition represents the expression in logarithmic form of the ratio between two quantities of

the same nature, of which one is considered the reference. Two categories of levels can be identified, namely

absolute and relative levels, both expressed in decibels. In the case of the absolute levels an absolute reference

value is imposed, identical for the whole network, and in the case of the relative levels the reference value is the

value of the level from a certain point of the network.

5.2.1 Absolute power level

The absolute power level of a single frequency signal represents the apparent power of a sinusoidal signal, relative

to the apparent power of 1mVA, expressed in dBm [1]:

La = 10lg
P

1mVA
= 10lg

 V 2(f)
|Zn(f0)|

1mVA

 [dBm] (5.1)

In analog networks the reference power of 1mW is common, but on the line interfaces (two-wire interfaces) of

the digital telephone exchanges complex impedances are usually used, which means that the notion of apparent

power must be used [1].

For systems with resistive impedances the active power in the band of interest (f1, f2) is calculated as:

P =
∫ f2
f1

V 2(f)
R df [mW ], where R is the load resistance in Ω, V 2(f)/R is the power spectral density in mW/Hz,

and f1 and f2 represent the frequency band boundaries in Hz. The absolute power level in this case is:
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La = 10lg
P

1mW
[dBm] (5.2)

For systems with complex impedances the apparent power in the band of interest (f1, f2) is computed as:

P =
∫ f2
f1

V 2(f)
|Z(f0)|df [mVA]. f0 represents the reference frequency at which the load impedance is measured.

Typical values in telephone networks are 800Hz, 1000Hz, 1020Hz. The absolute power level in this case is:

La = 10lg
P

1mVA
[dBm] (5.3)

The variation of the level with the frequency is dependent only on the variation of the voltage with the

frequency, the impedance being determined only at the reference frequency.

In the case of a signal specified in time (more precisely the signal voltage is a function of time v (t)) the

power can be computed according to the relation:

P =
1

T · |Z(f0)|

∫ T/2

−T/2
v2 (t) dt (5.4)

In the case of a periodic signal T is the period of the signal, and in the case of a non-periodic signal (that

is, in the case of an impulse) T →∞.

Calculation of the power of a random (or stochastic) signal, x, which is characterized by the probability

density function of the signal values, pdf (x), is made according to the relation:

P =
1

|Z(f0)|

∫ Xs

Xi

pdf (x) · x2dx (5.5)

where Xi and Xs represents the lower and the upper limit of the random (or stochastic) signal x.

Examples of random signals are voice signal, white noise, quantization noise, etc.

5.2.2 Absolute psofometric power level

The psofometric power level (expressed in dBmp) takes into account the physiological characteristics of the ear,

characteristics that cause the perception of sounds to depend on the frequency according to a weighting function

W (f), called the psofometric weighting function (see Fig. 5.8) [1] [48]. Low-frequency spectral components (e.g.

under 300Hz) or the higher-frequency components (e.g. more than 3000Hz) are less noticeable to the human

ear than frequency components contained in the band 800Hz−2000Hz, where hearing acuity is the greatest. If

this weighting function is taken into account, the expressions that give the power and the absolute power level

become:

Pp =

∫ f2

f1

V 2(f)

|Z(f0)|
10W (f)/10df [mVA] (5.6)

LP = 10lg
Pp

1mVA
[dBmp] (5.7)

In the above relation the weighting function W (f) is given in dB.

5.2.3 Absolute noise power level

The absolute power level of noise is defined for noise signals, which usually have much lower levels than the

useful signals. The absolute level of noise power is expressed in dBrn [1]. The reference power for complex

impedance systems is 1pV A, and for resistive impedance systems is 1pW . From this results the relation

between the absolute power levels expressed in dBm and the absolute noise power levels expressed in dBrn:

0dBrn = −90dBm, meaning L[dBrn] = L[dBm] + 90dB.
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Figure 5.1: Defining absolute and relative power levels on a transmission chain.

5.2.4 Absolute voltage level

Regarding the definition of the absolute voltage level it should be kept in mind that the reference value can

also be a predefined voltage. By definition the absolute voltage level expressed in dBu is given by the following

relation[1]:

Lu = 20lg
Ux

775mV
[dBu] (5.8)

where Ux is the effective value of the measured voltage, and 775mV is the effective voltage that produces a

power of 1mW on a 600Ω impedance. The voltage level is different from the power level if the load impedance

value is different from 600Ω, in which case we have the relation:

La = Lu + 10lg
600

|Z|
[dB] (5.9)

5.2.5 Relative power level

The relative power level at a given point in the transmission chain is given by the following ratio expressed in

dBr [1]:

Lr = 10lg
P (1020Hz)

P0(1020Hz)
[dBr] (5.10)

where P and P0 represents the apparent powers of the signal at the considered point and at the reference point.

For the evaluation of relative levels, single frequency signals are usually used, the frequency value being equal

to the reference frequency value. The relative level is numerically equal to the attenuation (if on the transmission

chain the measurement point is located before the reference point) or the gain (if on the transmission chain

the measurement point is located after the reference point) at the reference frequency between the considered

point (the measurement point) and the reference point, where the relative level is 0dBr. The measurement

signal applied at the transmission reference point (0dBr) usually has a value of −10dBm to avoid the risk of

occurring non-linearity distortions. The relative level allows the characterization of the gain or the attenuation

(loss) between different interfaces. The level expressed in dBm0 represents the absolute power level measured

at the reference frequency (1020Hz) in the transmission reference point (0dBr). In some measurement point

having relative level Lr, a reference level of L dBm0 generates an absolute power level La = (L+ Lr) [dBm].

An illustrative example for defining absolute and relative power levels on a mixed analog-digital transmission

chain is shown in Fig. 5.1.

5.2.6 Choice of reference point

The choice of the reference point in a transmission chain is an important issue, the evaluation of the

attenuations/losses and the gains being performed relative to this point. In the case of a digital telephone

channel, the choice of the reference point on or near the digital path is indicated, due to the fact that the

digital paths (channels) have attenuation of 0dB. There are attenuation distortions on the physical paths

(channels) on which the digital transmission is actually achieved, attenuation distortions that contribute to a

certain extent to bit errors, but the values of the PCM coded samples transmitted on these digital
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Figure 5.2: Choice of transmission reference points in digital telephone networks.
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Figure 5.3: Defining virtual international connecting points.

paths/channels do not change (the effect of bit errors can not be considered a change of the attenuation/gain)

[4].

If a common reference point is desired for both transmission directions, then the reference point can be set

at the input of the hybrid transformer (point ∗ in Fig. 5.2), and if different reference points are desired for the

two transmission directions, then on the transmission path the reference point can be chosen before or after the

A/D converter (points ∗∗ in Fig. 5.2), and on the reception path the reference point can be chosen before or

after the D/A converter (points ∗ ∗ ∗ in Fig. 5.2).

Regarding the choice of the reference point, the virtual international connecting points must also be

mentioned - VICP (Virtual International Connecting Point) [1]. Virtual international connecting points define

the boundaries between the national and international parts of a connection (see Fig. 5.3). These points are

also used as global reference points for national and international network segments.

By definition, at these points the relative nominal levels are as follows: 0dBr transmission, 0dBr reception

for digital circuits and 0dBr transmission, −0.5dBr reception for analog and mixed circuits [1].

5.3 Defining attenuation

The attenuation or loss, a, is generally defined as a ratio expressed in decibels (or in nepers) between real or

apparent powers or between effective voltage values according to the following relations [49]:

a = 10lg
Pi
Po

[dB] (5.11)

a =
1

2
ln
Pi
Po

[Np] (5.12)

a = 20lg
|Vi|
|Vo|

[dB] (5.13)

a = ln
|Vi|
|Vo|

[Np] (5.14)

Note: Np units are less used in practice than dB units.

If the ratio is defined inversely, that is, between the power (voltage) of the output signal and that of the

input signal, we are dealing with gain.
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Figure 5.4: Definition and measurement of return loss.

Defining the attenuation/loss as a voltage ratio is theoretically valid only if the impedances on which the two

voltages are measured are identical or if the voltage measurement points are separated by operational amplifiers,

but in practice it is accepted (at least in some cases) this definition of attenuation, even if the above conditions

are not met.

5.3.1 Return loss

Return loss (aa) is a parameter, specific to transmission systems, that reflects the degree of mismatch between

two impedances Z1 and Z2 and is given by the following relation [1]:

aa = 20lg

∣∣∣∣Z1 + Z2

Z1 − Z2

∣∣∣∣ = −20lgr[dB] (5.15)

where r =
∣∣∣Z1−Z2

Z1+Z2

∣∣∣ is the reflexion coefficient.

This loss (attenuation) represents the ratio expressed in dB between an incident signal and the reflected

signal in an impedance discontinuity point characterized by the impedances Z1 and Z2. How to define and how

to measure the return loss are shown in Fig. 5.4.

5.3.2 Apparent power loss

The apparent power loss characterizes a circuit from the point of view of the power transfer [1]. In Fig. 5.5 it

is presented the simplified case of a circuit that has a voltage source with value E and internal impedance Zi

connected to the input and a load impedance Zl is connected to the output. Also in this figure is presented the

structure of the reference circuit used to define this attenuation. The impedance Zx in the reference circuit is

equal, in this case, with Zi.

The apparent input power Pi is defined as the apparent power generated by the source on a load impedance

equal with the impedance Zi of the generator, that is:

Pi =
E2(f)

4|Zi(f0)|
(5.16)

The power P0 is the apparent output power on the load impedance Zl, that is:

Po =
V 2
o (f)

|Zl(f0)|
(5.17)

The apparent power loss is given by the relation:

aa = 10lg
Pi
Po

= 20lg

(
E(f)

2Vo(f)

√
|Zl(f0)|
|Zi(f0)|

)
[dB] (5.18)

and represents the ratio in dB between the maximum power that the source connected to the input can

generate and the power that is generated by the source on the load impedance connected at the output of the

circuit. The above general formula is applicable in the case of passive circuits, such as filters or reciprocal

passive two-port networks (circuits), in which case the concept of attenuation is based on the ratio of apparent
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Figure 5.5: Definition of apparent power loss

power levels between input and output (identical definition in both transmission directions). If we have in the

transmission chain amplifiers (for example amplifiers built with operational amplifiers), whose transfer function

is not influenced by the Zi and Zl impedances, the condition 20lgE/V = ct depending on the frequency is met.

In this situation the apparent power loss is expressed at the reference frequency f0 = 1020Hz in the following

way [1]:

aa0 = 20lg

(
E(f0)

2Vo(f0)

√
|Zl(f0)|
|Zi(f0)|

)
[dB] (5.19)

The apparent power loss is expressed according to the frequency as follows:

aa(f) = 20lg

(
E(f)

2Vo(f)

√
|Zl(f0)|
|Zi(f0)|

)
[dB] (5.20)

Since the impedance ratio is expressed at the reference frequency f0, the variation of loss (attenuation) with

frequency depends exclusively on the voltage ratio E/V . The use of impedances at the reference frequency

value is indicated in practice due to the fact that it is more difficult to determine/measure the impedance

values according to the frequency and the values of the impedances used in a transmission network are usually

standardized at certain frequencies. So it is simpler to use the impedance values at certain frequencies to define

attenuations/losses.

5.3.3 Insertion loss

The insertion loss characterizes a circuit also from the point of view of the power transfer. The situation is

similar to that shown in Fig. 5.5, the impedance Zx in the reference circuit being equal in this case to the load

impedance Zl [49] [50].

The apparent input power Pi is defined as the apparent power generated by the source on a load equal with

the load impedance Zl, that is:

Pi =
E2(f)|Zl(f0)|2

|Zi(f0) + Zl(f0)|2|Zl(f0)|
(5.21)

Po is the apparent output power on load impedance Zl, that is:

Po =
V 2
o (f)

|Zl(f0)|
(5.22)

The insertion loss is given by the relation:

ai = 10lg
Pi
Po

= 20lg

(
E(f)

Vo(f)

|Zl(f0)|
|Zi(f0) + Zl(f0)|

)
[dB] (5.23)

and represents the ratio between the power that a source can generate on a load impedance directly connected

to the source and the power that is generated by the source on the same load impedance connected at the output

of the circuit. Like in the case of apparent power loss the general formula is applicable in the case of passive

circuits [1].
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Figure 5.6: Determining the relative levels at the points located before the PCM encoders and after the PCM
decoders.

The insertion attenuation is expressed at the reference frequency f0 = 1020Hz as follows:

ai0 = 20lg

(
E(f0)

Vo(f0)

|Zl(f0)|
|Zi(f0) + Zl(f0)|

)
[dB] (5.24)

The formula is especially useful for circuits that include operational amplifiers.

The insertion attenuation is expressed according to the frequency as follows:

ai(f) = 20lg

(
E(f)

Vo(f)

|Zl(f0)|
|Zi(f0) + Zl(f0)|

)
[dB] (5.25)

5.3.4 Measurement of levels in circuits with PCM coders and decoders

For measuring the coders and decoders of the PCM systems from the point of view of the inserted losses, the

concept of Digital Reference Sequence (DRS) was defined. DRS is a possible sequence of PCM codes that by

decoding, with the help of an ideal decoder, provides a signal with a level of 0dBm. Conversely, an analog

signal with the 0dBm level applied to the input of an ideal encoder will generate a digital reference sequence

[1].

The frequency of the analog measurement signal (sinus more precisely) is 1kHz and this signal can be

represented as a sequence of 8 samples. Another possible choice of the DRS signal frequency is that it is not a

sub-harmonic of the sampling frequency of 8kHz, with a suitable value of 1020Hz, but in this case the generation

of the DRS signal will be more complicated. The DRS samples obtained from the reference sinusoidal signal

have a peak value of 118, the maximum coding level of 127 corresponding, in the case of a PCM coder using

the A law, to a sinusoidal signal with the level of 3.14dBm.

The use of DRS sequences allows the determination of relative levels at points s and r located before the

A/D converter (i.e. PCM encoder) and after the D/A converter (i.e. PCM decoder). If the level at point s is

adjusted until the DRS detector placed after the A/D converter identifies this sequence corresponding to the

0dBm level, then the absolute level S measured at point s represents the relative level in this point expressed

in dBr.

Similarly, in the case of the PCM decoder, if a DRS sequence is applied to the input of the D/A converter

and an absolute level of RdBm is measured at point r, then the relative level in this point is RdBr. See Fig.

reffig:nivele-fig6 related to what was discussed.

5.4 Loudness rating

A telephone communication implies the existence at the two ends of two defining elements: one emits the sound

message (mouth), and the other receives the sound message (ear). Such communication involves an acoustic

pressure at both ends of the connection and an electrical signal for remote transmission of the sound message.

Proper planning of a telephone network requires the expression of the electroacoustic loss between the acoustic

source and the acoustic receiver in dB , loss called Loudness Rating (LR). If the considered circuit is subdivided

into smaller units, then the global loudness rating is the sum of the individual LR values [1].

If the VICP point is taken as a reference for the national system, LR can be defined by the following two

components:
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• loudness rating at transmission (LRT): it represents the attenuation of the sound between the talking

subscriber’s mouth and the VICP point - in this case the attenuation of the sound represents the weighted

average (in dB) of the acoustic pressure of excitation related to the measured voltage.

• loudness rating at reception (LRR): it represents the attenuation between the VICP point and the listening

subscriber’s ear - in this case the attenuation of the sound is defined as the weighted average (in dB) of

electric excitation force relative to the measured sound pressure.

Remark: the loudness rating at transmission (LRT) and at reception (LRR) can be determined in principle

at any interface of the telephone network.

Note:related to the weights mentioned above, see equations 5.27 and 5.28.

In Fig. 5.7 is given the whole diagram of a telephone connection, from the sound source to the sound receiver,

consisting of several parts in chain.

We have the following relations for the loudness rating at the transmission and the reception:

LRT = LRT (phone device) +

n∑
i=1

LRCi

LRR = LRR(phone device) +

n∑
i=1

LRCi (5.26)

LRG = LRT + LRR

Determining the loudness rating can be done subjectively - methods that are not reliable, or objectively

- a psycho-acoustic model is needed that simulates how the brain interprets sound impressions. The ear is

represented by a set of band filters regularly distributed on a logarithmic frequency scale. If the signal in a

band exceeds the audibility threshold the corresponding filter emits an output signal and all signals from the

filter outputs are composed, the composition rule depending on the sound level [1]:

• at low sound levels the composition is made in power.

• at normal sound levels the composition is made according to the relation:

LR = L0 −
10

m
lg

(
N∑
i=1

Ki10−0.1mLi

)
(5.27)

where L0 is a constant (in the case of the LRC is 0), N is the number of band filters, i is the frequency

index fi, Li is the attenuation at frequency fi, m is a constant that depends on the sound level, namely:

m = 0.2 for normal levels, m = 0.5 for small levels, m = 1 for very low levels (m = 0.2 applies for LRG,

LRT, LRR and LRC - see Fig. 5.7), Ki is the weighting coefficient at the frequency fi and these weighting

coefficients have the property
∑N
i=1Ki = 1. If m = 0.2 (normal levels) and the difference between the Li

values does not exceed 10− 15dB, the simplified relation can be applied:

LR = L0 +

N∑
i=1

KiLi (5.28)

The loudness rating of the telephone terminals is determined with the help of special equipment - a very exact

determination is not required, the actual LR depending on the subscriber. The loudness rating of the circuit

is equal to the attenuation at the frequency of 1020Hz, if the attenuation is constant in the band, respectively

with the average attenuation in the band 300 − 3400Hz, if there are significant attenuation distortions. The

loudness rating of the subscriber circuits can also be determined with the relation: LRC = KL
√
RC, where

R is the distributed resistance of the cable in Ω/km, C is the distributed capacity of the cable in nF/km, L

is the length in km, K is a constant that depends on the cable’s terminating impedance Z0 (K = 0.014 for
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Figure 5.7: Loudness ratings defined for a telephone connection.

Z0 = 600Ω, K = 0.015 for Z0 = 900Ω, K = 0.016 for complex Z0). Under normal operating conditions a value

of LRG = 10dB is considered acceptable.

5.5 Evaluation of noise level

To evaluate the noise level, different weighting filters (also called weighting functions) are used for different

performance evaluation situations, as follows [1] [48]:

• the unweighted frequency (flat) function is used to evaluate the performance of telecommunications

equipment and to evaluate the performance of data transmissions performed on telephone channels (or

on other channels). The unweighted function is a low pass type transfer function with a bandwidth of

3kHz and which is flat up to the frequency of 50Hz in order to be able to evaluate the effects of the

frequency of the power supply network and its harmonics induced in the telecommunication lines.

• the narrow band frequency weighting function is necessary for the identification and evaluation of single

frequency disturbances (noise represented by sinusoidal signals, e.g. the signaling tones).

• the psophometric weighting function is a special weighting (filtering) function for evaluating the effects

of noise on voice signal transmission. The frequency sensitivity function of the ear is taken into account.

The standardized weighting function is shown in Fig. 5.8.

– the noise spectral components located in the band 800 − 2500Hz are the most distressing, the ear

sensitivity being the highest in this band.

– ear sensitivity decreases at frequencies below 300Hz and over 4000Hz, the noise spectral components

below and above these frequencies having a relatively small effect.

– the absolute level of weighted (psophometric) power is expressed in dBmp units.

5.6 Application

1. The ways of defining the signal levels will be analyzed. The importance of the level concept in transmissions

systems will be identified.

2. Using a multifunctional measuring instrument available in the laboratory, the level of periodic signals

(sinus, rectangle, triangle) and of a white noise signal will be measured. The amplitude and frequency of

the periodic signals respectively the power and the bandwidth of the noise signal will be changed.

3. The modes of defining the apparent power loss and the insertion loss will be analyzed. The advantages of

these methods of defining the attenuation will be identified.

4. The ways of defining the reference points will be analyzed.

5. The importance of return loss in a cable access network will be identified.
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Figure 5.8: Psophofometric weighting function.
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Figure 5.9: Transmission chain. Example 1.

6. Will be analyzed the way of defining and generating the DRS signal as well as the utility of this signal.

7. Will be analyzed how to define the loudness rating and will be identified the importance of this parameter.

8. The methods of evaluating the noise level will be analyzed. The cases in which each of the methods in

discussion are used will be identified.

5.6.1 Exercises

1. On a resistance of 600Ω an absolute power level of -6dBm is measured. What is the amplitude of the

sinusoidal signal corresponding to this level? What is the amplitude of the bipolar rectangular signal with

a duty factor of 25 %, 50 %, respectively 75 % corresponding to this level? Redo the calculations for a

unipolar rectangular signal.

2. Give the formulas for calculating the absolute power level for a tone respectively for a signal with frequency

band f1 − f2.

3. At the input of a cable with length 3km and an attenuation constant of 0.4Np/km a sinusoidal signal with

a level of -5dBm is applied. What is the absolute power level obtained at the output of the cable and

what is the amplitude of the sinusoidal signal if the load impedance is 500Ω. Redo the calculations for a

bipolar rectangular signal with a duty factor of 50%.

4. Calculate the absolute power level of a stochastic signal with the dynamic range [1; 2.71828] and the

probability density function 1/x. Redo the calculations for a constant probability density of 1/1.71828.

What conditions must meet the probability density function?
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Figure 5.10: Transmission chain. Example 2.

5. Calculate the absolute voltage level of a 2V amplitude sinusoidal signal. The load impedance is 500Ω.

Redo the calculation for a bipolar symmetrical triangular signal with the same amplitude.

6. Calculate the absolute power and voltage level of a unipolar rectangular signal with amplitude 1V and a

duty factor of 25%. The complex load impedance module is 400Ω. What is the reference power used in

this case? Redo the calculations for the 50% and 75% duty factors.

7. A cable has a load impedance of 600Ω, and the input impedance is 500Ω. Calculate the return loss? What

is the maximum (possible) and minimum (possible) values (in dB and ratio, respectively) of the return

loss?

8. A certain signal has the amplitude spectral density (effective voltage) X (f) defined by the following

function:

X (f) = 0.002V/Hz, f ∈ (200, 800)Hz; X (f) = 0.004V/Hz, f ∈ (800, 3800)Hz. Calculate the absolute

power level of this signal on a unit impedance.

9. It is given the transmission chain in Fig. 5.9. Calculate the relative power levels expressed in dBr at each

point. Calculate the absolute power levels expressed in dBm at each point. Where is the reference point

located? In what unit of measure is the absolute level of power expressed at this point?

10. Repeat the previous point for the transmission chain given in Fig. 5.10.

———————————————
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Chapter 6

Voice signal encoding techniques used

in telephone networks

6.1 Introduction

The chapter proposes the study of some voice coding techniques (i.e. analog to digital conversion techniques for

voice signal) used in digital communications networks. More specifically, it is about Pulse Coded Modulation

(PCM) and Delta Modulation. The PCM technique is used in public digital telephone networks while Delta

modulation is used in dedicated/special digital telephone networks, such as military networks.

The chapter specifically proposes to address the following issues:

• the study of the theoretical principles of PCM modulation with nonuniform quantization. The focus will

be on understanding the digital implementation of the nonuniform quantization process.

• computation of some parameters that characterize PCM modulation with nonuniform quantization,

parameters necessary for designing such a modulator.

• experimental evaluation of the performances of this voice coding technique (PCM). More precisely, the

effect of the quantization noise level on the quality of the reception of test voice signals will be monitored.

• the study of the theoretical principles of linear Delta modulation as well as those of adaptive Delta

modulation. The study of particular adaptive Delta modulations with simple adaptation of the

quantization step.

• computation of parameters that characterize the linear Delta modulation and the adaptive Delta

modulation, parameters necessary for designing linear or adaptive Delta modulators.

• experimental evaluation of the performances of linear Delta modulation and adaptive Delta modulations.

Specifically, the effect of the quantization noise level and the effect of slope overload distortion on the

quality of the reception of test voice signals will be monitored.

6.2 PCM modulation

PCM (Pulse Coded Modulation) is a voice signal encoding technique defined by ITU-T G.711 standard [51]

and is the technique used in fixed digital telephone networks to encode the voice signal. PCM modulation is

actually an analog to digital conversion technique that involves a series of steps, as presented below [4] [52].

The first step in converting the analog voice signal into a digital signal is filtering the analog signal, that is,

limiting the frequency band to the telephone band [300 − 3400Hz]. The next step is sampling at a frequency

73
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Figure 6.1: Uniform and nonuniform quantization process.

that complies with the sampling theorem, i.e. fe > 2 · fm, so the sampling frequency was chosen fe = 8kHz.

The filtering has the role of preventing the occurrence of the aliasing phenomenon.

Note: due to the choice of 8kHz for the sampling frequency the cutoff frequency of the low-pass or band-pass

antialiasing filter can be set around 4kHz, which means that the telephone band in fixed digital systems can

be a bit larger than the standard telephone band.

The next step is to quantize the values of the samples and then assign binary codes on a certain number

of bits to the quantized values. In the quantization process appears a quantization error called quantization

noise [53]. Due to the logarithmic shape of human acoustic sensitivity function it is necessary to reduce the

quantization noise at low levels of the voice/acoustic signal and it is possible to allow a higher level of the

quantization noise at higher levels of the voice/acoustic signal, where the hearing acuity is more reduced. In

Fig. 6.1 it is presented the process of uniform quantization and that of non-uniform quantization [4] [53]. The

figure also shows the variation of the quantization error within a quantization interval/step. The steps in the

quantized signal, sq (t), are equal to the median value (that is, the middle value) of the quantization intervals.

The steps in the signal sq (t) represent the reconstruction (or restoration) levels of the samples at the reception.

Each quantization interval is identified by a binary code and the sample falling within a certain interval is

associated with the binary code of the interval. In digital telephone systems each sample is encoded on 8-bit, i.e.

256 quantization intervals are used, 128 negative and 128 positive intervals. The bit rate of a digital telephone

channel will be: D0 = fe · nbit/es,ant = 8kHz · 8bit,i = 64kbps

Note: ensuring acceptable level of the quantization noise in the entire dynamic range of the voice signal also

can be achieved by using uniform quantization, but in this case a small quantization step should be used, which

ensures a low quantization noise at low signal levels. This small quantization noise does not need to be provided

at high signal levels. A small quantization step, however, means a large number of quantization intervals and

thus a large number of bits per sample, i.e. a large bit rate.

In order to carry out the nonuniform quantization process, as a rule, the procedure is as follows [4]:

• at the transmission side, a nonlinear processing of the source signal, called compression, is performed,

followed by a uniform quantization process. The compression process amplifies more the low signal levels

and less the high signal levels - see Fig. 6.2. For simplicity of implementation of the compression process,

the compression characteristic is approximated with line segments - see Fig. 6.2.

• at the reception side, a digital to analogue conversion is performed according to a uniform quantization

process, followed by a nonlinear processing of the obtained samples, called expansion. This process

amplifies less the low signal levels and more the high signal levels - see Fig. 6.2. The expansion function

represents the inverse of the compression function and thus overall the source signal samples are not
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Figure 6.3: The processing chain characteristic to a digital transmission using PCM modulation with
companding in the analog domain.

affected/distorted. Also, for simplicity of implementation, the expansion characteristic is approximated

with line segments - see Fig. 6.2.

Note: the combined process of compression and expansion is called the companding [52].

In Fig. 6.3 it is presented the processing chain involved in the digital transmission of the voice signal using

PCM modulation with companding. The processes tacking place both at the transmission and reception ends

are highlighted.

Note: the Sample and Hold (S&H) circuit samples the analog signal and holds the sample value during a

sampling period.

In digital telephone networks the compression operation is performed according to so-called compression

laws, namely the µ law (6.1) and the A law (6.2) [4] [52] [54].

The µ law, used in the United States and Japan, is defined according to the equation::

f(x) = sgn(x)
ln(1 + µ|x|)
ln(1 + µ)

, 0 ≤ x < 1 (6.1)

The value of µ parameter is 255.

The A law, used in Europe, is defined according to the equation:

f(x) =

{
Ax

1+ln(A) , 0 ≤ |x| < 1/A

sgn(x) 1+ln(A|x|)
1+ln(A) , 1/A ≤ |x| < 1

(6.2)

The value of parameter A is 87.6, value for which the continuity of the compression function is obtained.

The implementation of the compression and expansion functions in the analog domain raises a number of

issues, even if the functions in question are approximated with line segments. A more precise implementation,

immune to the tolerances of electronic components and to the variability with temperature and time of these

components, can be done in the digital domain. In Fig. 6.4 it is presented the processing chain characteristic

to a PCM transmission with companding implemented in the digital domain. Both the processing from the

transmission side and from the reception side are highlighted. Essentially it is about the following processing:
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• at the transmission side a linear PCM modulation is performed, using a uniform quantization, with a large

number of bits per sample (13 bits in case of A compression law and 14 bits in case of mu compression

law) followed then by a compression process in the digital domain. Finally, a PCM modulated signal with

nonuniform quantization and 8 bits per sample is obtained.

• at the reception side, an expansion process is performed in the digital domain, a process that receives

the PCM codewords with 8 bits per sample and generates linear PCM codewords (uniformly quantized)

with a large number of bits per sample (13 bits in case of A compression law and 14 bits in case of mu

compression law). It follows the process of demodulating the linear PCM modulated signal resulting the

signal samples and then it is generated the analog demodulated signal by applying the samples and hold

circuit followed by a low pass or band pass filtering.

In Fig. 6.5 it is presented a possible solution (not the one specified by the ITU-T G.711 standard) for

digital implementation of the compression and expansion process, that is to say a PCM modulation with

companding. The solution provided allows a better understanding of the of digital implementation technique

of the companding (compression and expansion) process.

The source signal is modulated using linear PCM with 16 bits per sample (i.e. 16 bits PCM codeword), then

the PCM coded samples are applied to a digital module that implements the compression function, obtaining

16 bits PCM codewords with companding. Then it follows a process of reducing the number of bits per PCM

codeword from 16 to 8 bits, which is achieved by suppressing the last 8 bits (see Fig. 6.6). This last process is

practically a quantization process.

At the reception, the number of bits per sample, i.e. per PCM codeword, is first extended from 8 to 16

bits by adding to the 8 bit codeword a bit of 1 followed by 7 bits of 0 (see Fig. Ref fig PCM-fig6). This is

also a quantization process. The 16 bit PCM codewords are applied to a digital module that implements the

expansion function, resulting the 16 bit linear PCM codewords, which are then decoded.

In conclusion, the digital implementation of the compression process involves applying the compression

function to linear/uniform PCM encoded samples represented on a large number of bits followed by a

quantization process, that is, decreasing the number of bits per sample/PCM codeword. The digital

implementation of the expansion process also involves a quantification process, i.e. increasing the number of

bits per sample/PCM codeword, followed by applying the expansion function to PCM codewords with

compression.
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Figure 6.6: Reducing respectively increasing the number of bits per PCM codeword.

 

Figure 6.7: The normalized µ compression function for different values of the µ parameter.

Note: at the destination, switching from 8 to 16 bits per sample is accomplished by replacing the 8 LSB bits

eliminated at transmission with the value 100000002 (12810), which halves the maximum value that can take

the quantization error associated with the quantification process that took place at transmission.

6.2.1 µ compression law

As mentioned above the µ compression law (6.1) is used in digital telephone systems in the United States of

America and Japan, the compression law parameter having the value µ = 255.

In Fig. 6.7 it is is presented the normalized µ compression function for various values of parameter µ, and

in Fig. 6.8 it is presented the segmented normalized µ compression function, that is approximated by segments

(only the positive side of the function is presented). The parameter µ = 0 corresponds to the situation without

compression.

For implementation reasons the compression function (µ = 255) is approximated with 16 segments, 8 on

the positive side and 8 on the negative one (Fig. 6.8), and each segment is divided into 16 subsegments - see

Fig. 6.9 which shows the first positive segment of the normalized compression function. On the y axis of the

compression function all the segments have the same width and an uniform quantization on 8 bits is achieved.

Within each segment on the x axis, a 4 bit uniform quantization is performed. The quantization step is constant

within a segment, but varies from segment to segment, i.e. it increases with the index of the segment - thus a

nonuniform quantization is achieved.



D
RA
FT

78

1/8

2/8

1

7/8

6/8

5/8

4/8

3/8

0
.0

0
3

9
3

2
1

0
.0

1
1

7
6

1

0
.4

9
8

1

0
.2

4

0
.1

2
1

0
.0

2
7

4

0
.0

5
8

8

Δx7

Δ
y

7

Figure 6.8: Segmented mu compression function - the positive side.
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Figure 6.9: The first positive segment of the segmented µ compression function. Division into subsegments.

Note: for a more suggestive and easier to follow graphical representation, the segments on the x axis of Fig.

6.8 are not on the scale.

Based on the previous observations, the coding of the quantized samples of the input signal is done as follows

(see Fig. 6.10):

• the most significant bit, b7, indicates the polarity/sign of the sample;

• the next 3 bits, b6, b5, b4 indicate the segment in which the sample falls;

• the last 4 bits, b3, b2, b1, b0, indicate the subsegment in which the sample falls.

µ compression function parameters

In the following are given the relations for calculation of the µ compression law parameters. It should be

emphasized that the parameters defined below characterize any compression function, only the values of these

Sign Segment Subsegment

b7 b0b1b2b3b4b5b6

Figure 6.10: The coding rule of the quantized samples.
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parameters differ.

Compression rate on segment i:

Rci =
∆xi
∆yi

(6.3)

where ∆xi represents the size of the input segment i, and ∆yi the size of the output segment i (see Fig. 6.8),

which equals 0.125 for any output segment. When the compression ratio is less than 1 means that expansion is

done, and when it is greater than 1 compression is performed.

The input quantization step on segment i represents the size of a subsegment of the input segment i and

can be computed using the relation:

qi =
∆xi

No. sub-segments
=

∆xi
16

(6.4)

The output quantization step represents the size of a subsegment of an output segment and is computed by

the relation:

qo =
∆yi

No. sub-segments
=

0.125

16
= 0.0078125 (6.5)

The elementary quantization step is the step with which the source signal should be uniformly quantized in

order to achieve the same performance (reception quality) as in the case of nonuniform quantization (14 bits in

the case of µ law).

qe =
2

2b
=

2

214
= 0.00012207 (6.6)

The number of elementary quantization steps of an input subsegment:

ni =
qi
qe

(6.7)

The power of quantization noise in segment i [53]:

Pzqi =
q2i
12

(6.8)

The total power of the quantization noise [4]:

Pzq =

8∑
i=−8i6=0

pi · Pzqi (6.9)

where pi represents the probability that the sample amplitude falls into segment i. If we have the same

probability of occurrence of any sample (uniform distribution of sample amplitudes) then the probability that

the sample is located in segment i is equal to the size of segment i, in the case of the normalized function, that

is pi = ∆xi/2. In the case of the non-normalized compression function, with a dynamic range of the signal

−V ÷ V , we have pi = ∆xi/2V .

Taking into account the antisymmetry of the compression function the equation of the quantization noise

power (6.9) can be transformed into:

Pzq =

8∑
i=1

2pi · Pzqi =

8∑
i=1

∆xi · Pzqi (6.10)

Note: if we calculate the total power of the quantization noise for the µ compression law we obtain Pzq =

47.39 · 10−6W , and if we calculate the power of the quantization noise in the case of uniform quantization with

the same number of bits, 8 bits, we get Pzquniform = 5 · 10−6W . Although the power of the quantization noise

in the case of uniform quantization is lower than the power of the total quantization noise in the case of the

nonuniform quantization, it can be observed, in Tab. 6.1, that the power of the quantization noise in the case
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Table 6.1: The values of the parameters that characterize the µ compression law.
Segment i ∆xi Rci qi ni Pzqi

1 0.003921 0.031368 0.000245063 2.007552 5.00464E-09
2 0.007839 0.062712 0.000489938 4.013568 2.00032E-08
3 0.01564 0.12512 0.0009775 8.00768 7.96255E-08
4 0.0314 0.2512 0.0019625 16.0768 3.20951E-07
5 0.0622 0.4976 0.0038875 31.8464 1.25939E-06
6 0.119 0.952 0.0074375 60.928 4.6097E-06
7 0.2581 2.0648 0.01613125 132.1472 2.16848E-05
8 0.5019 4.0152 0.03136875 256.9728 8.19999E-05

Uniform 

analog to 

digital 

converter

(14 bits)

Digital 

compressorAnalog 

source signal

Digital signal

(14 bits)

Digital signal

(8 bits)

Figure 6.11: The PCM modulation process with compression according to the µ law.

of uniform quantization is much greater than the power of the quantization noise in the case of the nonuniform

quantization for the first segments, that is for the small levels of the voice signal, where the ear is more sensitive

to quantization error. The quantization error for nonuniform quantization is higher at high levels of the voice

signal, where the noise is not so noticeable, but it affects the average/total quantization signal-to-noise ratio

(SNR) that is important for data transmissions.

µ law coding process

In the previous sections it was explained how the companding (compression and expansion) can be done in

the digital domain (see Fig. 6.5). In the following will be presented and analyzed a concrete solution for the

implementation of the companding in the digital domain, solution described also in the ITU-T G.711 standard

[51]. In contrast to the solution presented in Fig. 6.5 the compression and the quantization process are grouped

together in a single process optimized in terms of required processing effort.

As shown in Fig. 6.11, the voice signal is applied at the input of a 14-bit linear/uniform analog to digital

converter, at the output of which 14-bit codewords are obtained which encode the samples of the input signal -

linear/uniform PCM signal. The digital compressor generates, according to the compression function, the 8-bit

code that will be transmitted on the line (PCM signal with compression), corresponding to the 14-bit code from

the digital compressor input.

The digital compressor in Fig. 6.11 performs a quantization process, i.e. grouping 14-bit codes generated

by the uniform A/D converter and replacing these groups with 8-bit binary codes. The process is illustrated

in the table presented in Fig. 6.12, table taken from ITU-T G.711 standard [51]. The process of grouping the

14-bit codes is based on the values of parameter ni in Tab. 6.1, parameter that has the value 2 for the first

segment, the value 4 for the second segment and doubles in the following segments, reaching the value 256 for

the last segment (the eighth segment). This means that in the first segment the 14-bit codes generated by the

uniform A/D converter are grouped 2 by 2, in the second segment are grouped 4 by 4 and so on, and in the last

segment are grouped 256 by 256. The grouping process described can be seen in Fig. 6.12 in column 2, and

in column 3 are given the 14-bit codes (i.e. their decimal values) lower delimiting the positive segments. Of

course, it can be easily determined the values on 14-bit (represented in decimal) that delimit each segment and

subsegment. For each subsegment represented by a group of 14-bit codes (the subsegments in the i segment are

represented by a group of ni consecutive 14-bit codes), an 8-bit code is assigned, the codes given in column 6

of the table in Fig. 6.12. These codes are obtained according to the coding rule presented in Fig. 6.10, after

which an inversion of the bits of the 8-bit PCM code occurs.

Note: there is defined in ITU-T G.711 standard a separate table for coding negative signal levels.
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Figure 6.12: The tabular coding rule for µ compression law according to ITU-T G.711 standard.
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Note: the 8-bit PCM code in column 6 of the table in Fig. 6.12 is the one after the bit inversion. The sign

bit (before bit inversion) for positive samples has the value 0, and for negative samples it has the value 1.

The inversion of the bits of the companded PCM code is necessary because the voice signal level does not

have a uniform distribution, the probability of occurrence of the small levels being much higher than that of the

high levels of the signal. From this it follows that there is a greater probability that a PCM code will contain

more zero bits (the code of the segments corresponding to the small levels contains more zero bits). The line

code used in the case of the µ compression law is B8ZS (Bipolar with 8 Zeros Substitution), which is a variant

of the AMI (Alternate Mark Inversion) code and which replaces the sequences of 8 consecutive zero bits with

violations of the coding rule. Because the AMI code encodes 0 bits with zero level, long sequences of 0 affect

the synchronization of the bit/symbol clock. Although the B8ZS code replaces the sequences of 8 consecutive

0 bits, the possibility of sequences of maximum 7 consecutive 0 bits remains. Because of this and considering

that the probability of occurrence of codes containing more zero bits is higher, the 8 bits obtained at the output

of the digital compressor are reversed before transmission on the line.

It can be noticed (see Fig. 6.12 ) that after the bit inversion the code obtained for the first positive

subsegment (sign: 0, seg: 000, sub-seg: 0000) is 11111111b (FFh) and in the silence periods during a call,

a sequence of continuous one bits will be transmitted, sequence which can be confused with the blue alarm

indicator. For this reason this code (11111111b) is not transmitted on the line and instead the code of the first

negative subsegment (sign: 1, seg: 000, subseg: 0000) is transmitted, whose code obtained after bit inversion is

01111111b ( 7Fh). The latter is the code transmitted during the silence periods. Due to this aspect the coding

of the first segment is done separately, i.e. we have a separate subsegment for the zero signal level, a subsegment

consisting of a single 14-bit code (0 bits), the next 15 subsegments being formed by grouping two 14-bit codes.

(see Fig. 6.12, column 2).

The expansion process is also based on the table presented in Fig. 6.12. Based on the 8-bit PCM code

received on the line, it is possible to identify the segment and the subsegment as well as the threshold values

(on 14 bits) that delimit the subsegment. The 14-bit code generated by the expansion circuit represents the

middle of the subsegment, that is, the 14-bit code located in the middle of the group of consecutive 14-bit codes

that correspond to the subsegment, or in other words it represents the arithmetic mean of the 14-bit values

that delimit the subsegment (see Fig. 6.12, column 7). The 14-bit code obtained applies to a uniform D/A

converter.

The implementation of the digital compressor requires a series of operations to compare the value of the

14-bit code, generated by the uniform A/D converter, with the threshold values that identify the segments and

subsegments. Based on simple mathematical operations, a coding table is generated Tab. 6.2 [54] which allows

an easy conversion of the 14-bit code generated by the uniform A/D converter into the 8-bit PCM code sent on

the line. The table can also be used in the decoding operation of the PCM code received on the line. A first

simplification of the operations of converting the 14-bit code into the 8-bit code consists in adding to the 14-bit

code the value 33 decimal. This operation is meant to make the ends of the segments be powers of 2 (see Fig.

6.12 column 3: 31+33=64, 95+33=128, 223+33=256,...). Following this operation, it can be observed in the

coding table (Tab. 6.2) that the identification of the segment in which the sample is located, sample which is

applied to the input of the digital compressor, can be made based on the position of the first 1 bit (from MSB

to LSB) after the sign bit has been extracted. The subsegment code can be obtained from the bits that follow

after the first 1 MSB bit.

Note: adding the 33 decimal value to the 14-bit code has the undesirable effect of reducing the useful dynamic

range of the uniform A/D converter from 8192 to 8159.

We observe in Tab. 6.2 how:

• the position of the first bit of 1 indicates the segment’s code:

COD SEGMENT10=7-no. zeros in front of the first bit of 1 = -5 + the position of the first bit of 1;

• and the subsegment code represents the following 4 bits, after the first bit of 1.
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Table 6.2: Coding table for the µ law .

Digital compressor input Code with compression
(after adding the decimal value 33) Segment Subsegment

bit 12 11 10 9 8 7 6 5 4 3 2 1 0 bit 6 5 4 3 2 1 0
0 0 0 0 0 0 0 1 a b c d x 0 0 0 a b c d
0 0 0 0 0 0 1 a b c d x x 0 0 1 a b c d
0 0 0 0 0 1 a b c d x x x 0 1 0 a b c d
0 0 0 0 1 a b c d x x x x 0 1 1 a b c d
0 0 0 1 a b c d x x x x x 1 0 0 a b c d
0 0 1 a b c d x x x x x x 1 0 1 a b c d
0 1 a b c d x x x x x x x 1 1 0 a b c d
1 a b c d x x x x x x x x 1 1 1 a b c d

For example, if at the input of the compressor, after adding the decimal value 33, we have the binary code

10000111011100 we can determine the segment code as follows: SEGMENT CODE10 = 7 − 4 = 3 ⇒
SEGMENT CODE2 = 011, and the subsegment code is represented by the following 4 bits:

SUBSEGMENT CODE2 = 1101. The sign bit remains unchanged: CODE SIGN2 = 1. Thus the code

obtained is 101111012. The cod is inverted and transmitted on the line. At the destination the code taken

from the line is again inverted and the code 101111012 is obtained. Based on the segment code we determine

the position of the first bit of 1, and we obtain 00001xxxxxxxx, after which we fill the following 4 bits with

the subsegment code, 000011101xxxx. The last 4 bits remain to be filled, bits for which we have no

information. Thus, to halve the maximum quantization error, we choose the middle value of the domain that

could be represented on the last bits (more precisely the middle of the subsegment - see the previous discussion

on expansion using the table in Fig. 6.12, respectively the discussion regarding the operations presented in

Fig. 6.6) and we obtain the code 00001110110002, to which is added the sign bit, 100001110110002.

6.2.2 A law coding process

As mentioned above, the A compression law (6.2) is used in digital telephone systems in Europe. The

compression characteristic parameter has the value A = 87.6, the value for which the continuity of the

compression and expansion functions is obtained.

In Fig. ref fig: pcm-fig13 it is presented the segmented normalized A compression function, that is,

approximated by segments (only the positive side of the function is presented) [51]. It can be observed that

in case of A law the dimensioning of the segments is changed, the segments of the normalized characteristic

are delimited by values in the form of 1/2n, n = 6, ..., 0, that is 1/64, 1/32,...,1/4, 1/2, 1, and the first and

second segments are located on the same line, which leads to a total of only 7 segments, both on the positive

and negative sides. The first segment of the compression function is composed of 32 subsegments, and the

remaining segments are composed of 16 subsegments, but the first segment can be divided into two identical

segments, each of 16 subsegments and thus the structure of the PCM code generated by the compressor that

works according to the A law remains identical to that of the µ law.

Note: the segments on the x axis of Fig. 6.13 are represented to scale.

The PCM coding process with compression is also done in this case according to the processing chain shown in

Fig. 6.11, but the uniform quantization is only on 13 bits. The compression process, i.e. the conversion from the

13-bit code generated by the uniform A/D converter to the 8-bit PCM code with compression is done according

to the table presented in Fig. 6.14, table taken from ITU-T standard G.711 [51]. The operations performed

are similar to those presented in the implementation of the µ compression law, the differences consisting of

the following: the number of segments is reduced to 7 (Fig. Ref fig: pcm-fig14 column 1), the segments are

identified (segment ends) by values which are power of two (column 3), i.e. 64, 128, ..., 2048, 4096, the 8-bit

codes generated by the compressor are inverted only at the even positions before the transmission on the channel
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Figure 6.13: Segmented A compression function - the positive side.

Table 6.3: Coding table for the A law.

Digital compressor input Code with compression
Segment Subsegment

bit 11 10 9 8 7 6 5 4 3 2 1 0 bit 6 5 4 3 2 1 0
0 0 0 0 0 0 0 a b c d x 0 0 0 a b c d
0 0 0 0 0 0 1 a b c d x 0 0 1 a b c d
0 0 0 0 0 1 a b c d x x 0 1 0 a b c d
0 0 0 0 1 a b c d x x x 0 1 1 a b c d
0 0 0 1 a b c d x x x x 1 0 0 a b c d
0 0 1 a b c d x x x x x 1 0 1 a b c d
0 1 a b c d x x x x x x 1 1 0 a b c d
1 a b c d x x x x x x x 1 1 1 a b c d

(there are not inverted all bits as in the case of the µ law ).

Note: the 8-bit PCM code from column 6 of the table in Fig. 6.14 is the one before the bit inversion on the

even positions. The sign bit for positive samples has the value 1, and for negative samples it has the value 0.

The optimization of the compression and expansion process implementation can be achieved with the help

of the coding table Tab. 6.3 [54]. Adding the decimal value 33 or any other value is no longer necessary because

the segment ends are powers of 2 (column 3, Fig. 6.14). The coding is done according to the coding table as in

the case of the µ compression law. The line code that is used is HDB3 (High Density Bipolar 3 Zeros), which

is also a modified AMI code, which replaces sequences of 4 consecutive zero bits with violations of the coding

rule.

It can be seen that the only differences that appears in the coding table compared to the µ law are in the

first two segments. At the first segment cannot be identified a first bit of 1 MSB, but only 7 bits of 0 MSB.

Starting with segment two, a first bit of 1 MSB can be identified, preceded by a number of bits of 0 MSB. The

rule for determining the segment’s code remains the one presented in the case of the coding table corresponding

to the µ law. The subsegment code is determined in the same way as in the case of the µ law, meaning the

subsegment code is given by the four bits that follow after the first bit of 1 MSB. A special situation is also at

the first segment (where we do not have a first bit of 1 MSB) where the subsegment code is given by the four

bits that follow after the first 7 bits of 0 MSB.

6.3 Delta modulation

Delta modulation is a particular case of differential PCM (DPCM) modulation. DPCM modulation quantifies

the prediction error of the current sample instead of the value of the current sample, which has the consequence
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Figure 6.14: The tabular coding rule for A compression law according to ITU-T G.711 standard.
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Figure 6.15: Block diagram of the linear Delta modulator.

of reducing the number of bits per sample and implicitly reducing the transmission rate. Delta modulation

quantizes the value of the prediction error of the current sample on a single bit, i.e. only information related to

the prediction error sign is generated and transmitted [52].

Basically the Delta modulation is an analog to digital, respectively digital to analog, conversion technique

of the voice signal with a single bit per voice sample. The reduced number of bits/sample leads to a

degradation of the quality of the reconstructed analog voice signal (high quantization noise, as well as the

distortion of the reconstructed analog signal). For this reason, Delta modulation can only be used in voice

transmission/processing systems where the signal quality is not the most important criterion, but where the

transmission rate should be as low as possible. For Delta modulation to be usable, a strong correlation

between consecutive samples of the signal is required.

If the value of the quantization step used is constant we are talking about a linear or fixed Delta modulation,

and if the value of the quantization step changes depending on the signal dynamics we are talking about adaptive

Delta modulation.

6.3.1 Linear Delta modulation

As mentioned above, the DPCM type modulations quantify the error (difference) between the predicted value

of the current sample and the actual value of this sample, and therefore it is necessary to generate a predicted

signal based on the previous samples/values of the signal. In the case of linear Delta modulation, the updating

of the predicted signal (more precisely of the predicted signal samples) is done on the basis of a mechanism

independent of the law of variation of the signal samples (more precisely of the previous samples of the signal)

[52]. The block diagram of a linear Delta modulator/encoder is shown in Fig. 6.15.

The analog signal x(t) is transformed by the linear Delta modulator into a string of binary symbols that

are transmitted on the communication channel. The S/H (Sample&Hold) module the diagram is the sampling

and hold circuit. The sampling frequency fe obeys the relation fe � B, where B is the frequency band of

the analog signal. The comparator continuously compares the samples of the analog signal x(t) with those

of the predicted signal x̂k and on the basis of this comparison generates at the sampling moment the bit bk.

The accumulator has the role of generating the predicted signal that tracks the analog signal x(t). It can be

implemented analogically using an integrator or as a digital circuit using an up/down counter followed by a

D/A converter.

At each sampling moment, the sign of the difference between the value of the input signal x(t) and the

value of the predicted signal ˆx(t) is calculated. So, the current bit, bk, is calculated according to the following

relation: xk ≥ x̂k ⇒ bk =′ 1′(+1)

xk < x̂k ⇒ bk =′ 0′(−1)
(6.11)

Depending on the sign of the difference between the samples xk and ˆx(t), the command of increasing or

decreasing the following predicted sample with a value ∆, called the approximation quantum or quantization
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Figure 6.17: Distortions characteristic to Delta modulation.

step, is issued. The calculation of the predicted signal (the equation of the accumulator) is performed according

to the relation:

x̂k = x̂k−1 + bk−1 ·∆ (6.12)

In the case of the linear Delta modulation, the quantization step is constant.

The block diagram of the linear Delta demodulator/decoder is shown in Fig. 6.16. It can be seen that the

Delta demodulator includes the prediction circuit, which generates the predicted signal samples based on the

bits received from the channel, and a low pass filter that filters the predicted signal samples. The filter ensures

the conversion from the sampled signal domain to the continuous analog signal domain.

6.3.2 Distortions characteristic to Delta modulation

Delta modulation (whether we talk about fixed or adaptive Delta modulation) is affected by two types of

quantization errors, namely [52]:

• slope overload distortion, which occurs when the analog source signal (x(t)) variation rate (i.e. the slope

of the signal) is higher than the predicted signal (the x̂(t) signal in steps) variation rate .

slope source signal = |dx(t)/dt|

slope Delta signal = |∆/Ts|
(6.13)

where Ts is the sampling period.

• the granular distortion/noise, which occurs when the variation rate of the analog source signal is lower

than the variation rate of the predicted signal.

In Fig. 6.17 it is presented graphically how the two distortions affect the Delta modulation.

In order to avoid the occurrence of slope overload distortions, the slope of the two signals (the source

signal and the predicted signal) should be equal, which is impossible to achieve in the case of the linear Delta

modulation that works with a constant quantization step.
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If the quantization step is large, the slope overload distortions may be smaller (depending on the signal

dynamics), but the granular distortions will be larger. If the quantization step is small, the granular distortions

will be smaller, but the slope overload distortions will be larger (depending also in this case on the signal

dynamics).

The power of quantization noise in the case of linear Delta modulation, if it is considered that the slope

overload distortion is corrected, is Pzq = ∆2/13, and the signal-to-noise ratio is Ps/Pzq, where Ps is the power

of the analog source signal.

6.3.3 Adaptive Delta modulation

Improving the quality of the Delta transmission, i.e. reducing the quantization noise as well as the distortions

affecting the analog signal reconstructed at the reception, can be achieved, without increasing the transmission

rate, by using the adaptive Delta modulation. In this case the quantization step is no longer fixed, but changes

adaptively depending on the dynamics of the source signal. On the slow variable portions of the source signal

small quantization steps are used, while on the rapidly variable portions of the source signal large quantization

steps are used. Thus, it is possible to ensure both the better tracking of the slope of the source signal and the

reduction of the quantization noise. The measurement (more correctly the evaluation) of the slope of the source

signal can be done by analyzing the sequence of modulated bits generated by the Delta modulator. Specifically,

the quantization step at one sampling time (instantaneous step) is calculated based on the quantization step

from the previous sampling moment, the bit generated at the current moment and a number of bits generated

at the previous sampling moments, according to the following relation:

∆k = f(∆k−1, bk, bk−1, . . . , bk−N ) (6.14)

In Fig. 6.18 it is presented the block diagram of an adaptive Delta modulator, for the particular case in

which the evaluation of the source signal slope is based on the current and previous bit. The difference to the

linear Delta modulator diagram, see Fig. 6.15, consists of the quantization step calculation block, the prediction

of the current sample being achieved also with the help of a accumulator that contains the previous samples.

In Fig. 6.19 it is presented the block diagram of an adaptive Delta demodulator, also for the particular

case in which the evaluation of the source signal slope is based on the current bit and the previous bit. As in

the case of the linear Delta demodulator, see Fig. 6.16, we have the accumulator that calculates the predicted

sample from the current moment, based on the previous samples, and then the predicted samples are low pass

filtered. The current quantization step (which weighs the current received bit) is computed as in the case of the

modulator, based on the quantization step from the previous sampling moment and a number of consecutive

received bits.

The adaptive Delta modulation algorithms differ according to the adaptation (calculation) mode of the

quantization step. In the following two simple examples of quantization step adaptation/modification
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Figure 6.19: Block diagram of the adaptive Delta demodulator.

algorithms, namely an additive modification (Song algorithm), respectively a multiplicative modification

(Jayant algorithm) of the quantization step are presented [55] [56].

Song algorithm

The rule for modifying the quantization step is the following:
∆k = ∆k−1 + ∆e if bk = bk−1

∆k = ∆k−1 −∆e if bk 6= bk−1

if ∆k < ∆e ⇒ ∆k = ∆e

(6.15)

where ∆e is the elementary quantization step.

Compared to the linear Delta modulation, the Song modulation decreases both types of distortions, but the

granular distortion cannot be completely canceled, as the slope tracking is not perfect either.

Jayant algorithm

The rule for modifying the quantization step is: ∆k = ∆k−1p
sgn(bkbk−1), meaning:∆k = ∆k−1p dacă bk = bk−1

∆k = ∆k−1/p dacă bk 6= bk−1
(6.16)

The variation of the quantization step is dictated by the p factor. In order to obtain a good approximation

of the source signal, for a large class of analog signals, it is required that the p factor to be chosen as follows:

1 ≤ p ≤ 2. If necessary, limits can be imposed also in this case for the minimum or maximum value of the

quantization step.

The algorithm can ensure better tracking of the steep slope signals, but as in the case of the Song algorithm

the granular distortion cannot be completely canceled.

Note: for the significant reduction of the distortions affecting the Delta modulation, is necessary a

quantization step adaptation algorithm which is a combination of the Song and Jayant algorithms, mentioned

above, and the specific law of variation of the source signal, such as the voice signal in the case of telephone

systems, must be taken into account.

6.4 Analysis and simulation software

In order to understand the principles of the PCM and Delta modulation techniques, respectively to evaluate

the performances of these voice coding mechanisms, several evaluation and simulation software have been

developed. The performance evaluation software use as test signals voice signals (voice files) and allow to listen
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Figure 6.20: The main window of the PCM simulation software.

to the modulated and then demodulated voice signals, being possible the subjective evaluation of the effects of

the quantization noise and other distortions (slope overload, distortions due to filtering, etc.). The simulation

software use simple test signals (basic periodic signals: sine, triangle, trapezoid) and allow the visualization of

the signals that appear in different stages of the modulation and demodulation processes. It is also possible

the spectral analysis of the mentioned signals as well as the evaluation of the distortions introduced by the

modulation/demodulation processes.

PCM evaluation and simulation software

The PCM software allows the simulation of the uniform PCM modulation respectively of the PCM modulation

with companding according to the µ law using voice test signals or a sine test signal with adjustable frequency and

duration. The software allows at the same time to evaluate the performances of the uniform PCM modulation

respectively of the PCM modulation with companding in conditions close to reality. The parameters of the

PCM modulation that can be set are: the number of bits per sample, the value of µ parameter (if set µ = 0 the

uniform PCM modulation is obtained) and the gain/attenuation of the source signal.

The software allows the loading of a ∗.wav type sound/voice file and as a result of this process the samples

of the test signal are displayed, as well as its parameters, such as: sampling frequency, signal type (mono or

stereo), number of bits/sample. The uploaded file can be played with the player application integrated in the

simulation software. The obtained PCM signal can also be saved in ∗.wav format in a separate file and then can

be played using the in-app player. The application also allows the use of a sinusoidal source signal, especially

useful for visualizing PCM modulated signals with different parameters. The main window of the PCM software

is shown in Fig. 6.20.

The PCM software allows to display the error between the source signal and the signal obtained after

the PCM modulation and then the PCM demodulation, that is to say the quantization noise that affects the

demodulated signal. The software displays the mean squared value of the error, that is, the value of the power

of the quantization noise. The software also has a zoom feature for a better visualization of the demodulated

PCM signal and of the quantization error/noise.

The PCM allows to visualize the spectrum of the source signal as well as of the modulated and then

demodulated PCM signal (see the Spectrul SI and Spectrul SM buttons in the main window of the software -

Fig. 6.14). The software also allows the bandpass filtering of the demodulated PCM signal, the cutoff frequencies

and the order of the bandpass filter being adjustable. The demodulated and filtered PCM signal can be saved

in a separate ∗.wav file and can be played. The filter window is shown in Fig. 6.21. The window is accessible

by pressing the Filtru button. The filtered demodulated PCM signal can be analyzed both in the time domain

and in the frequency domain.
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Figure 6.21: The Filter window of the PCM simulation software.

Note: the bandpass filter used to filter the modulated and then demodulated PCM signal is composed of

a low pass filter followed by a high pass filter. The cutoff frequencies and the orders of the two filters can be

changed independently.

Delta modulation simulation software

The Delta sim software allows the simulation of the linear Delta modulation and the adaptive Delta and Song

and Jayant modulations. The test signals are: sine, triangle and trapezoid. The amplitude and the value of

the DC component of all test signals can be modified, and in the case of the triangle and trapezoid signals the

slope of the signal also can be modified and thus different triangular (from symmetrical triangle to saw tooth)

and trapezoidal (including rectangular signal) signals can be generated. The number of displayed periods can

be changed and the source signal spectrum can be visualized.

In the case of the linear Delta modulation, the quantization step and the initial value of the predicted

signal can be modified (also called the Delta modulated signal). In the case of adaptive Delta modulations, the

elementary quantization step (Song modulation) can be set, respectively the parameter p (Jayant modulation),

also the initial value of the quantization step, the initial value of the predicted signal and the value of the first

bit, that is the bit generated at the zero moment when the modulation process begins can be set. For all Delta

modulations implemented, can be changed the sampling frequency (also called the modulation frequency), more

precisely the number of samples per period of the test signal. After pressing the Modulare button, the Delta

signal and the sequence of modulated bits are generated and displayed. Can be visualized the spectrum of the

Delta modulated signal and can be displayed the error (difference) between the source signal and the Delta

signal and can be computed the mean square value of this error. After pressing the Demodulare button the

Delta signal is displayed, that can then be filtered with a low pass filter, with adjustable cutoff frequency and

order (slope of the filtering characteristic). The filtered signal is displayed and the error between the source and

the demodulated (and filtered) signal can be displayed and the mean square value of this error can be computed

(the mean square value of the error can be considered a ”total” noise, after the demodulation, which affects the

source signal transmitted). In Fig. 6.22 and Fig. 6.23 displayed two screenshots showing the modulation and

demodulation windows of the Delta sim simulation program.

Delta modulation evaluation software

The software Delta voice allows the simulation of the linear Delta modulation and the adaptive Delta

modulations Song and Jayant using voice test signals, but at the same time it allows the evaluation of the

Delta modulation performance in conditions close to reality. The application implements the linear Delta

modulation and the adaptive Delta modulations Song and Jayant. In the case of linear Delta modulation, the
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Figure 6.22: The Modulation window of the Delta sim software.

Figure 6.23: The Demodulation window of the Delta sim software.
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Figure 6.24: The main window of the Delta voice software.

quantization step, the initial value of the Delta modulated signal and the sampling frequency can be changed.

In the case of Song modulation, the elementary quantization step, the initial value of the quantization step

and of the Delta signal, the first modulated bit, that is the bit generated at time zero (starting moment) of the

modulation process and the sampling frequency, can be modified. The parameters that can be controlled are

similar for the Jayant modulation, but in this case instead of the elementary quantization step we have the p

parameter.

The software allows the uploading of a ∗.wav type sound/voice file and after this process the samples of the

test signal are displayed, as well as its parameters, such as: sampling frequency, signal type (mono or stereo),

number of bits/sample. The uploaded file can be played with the player integrated in the application. The

obtained Delta signal can also be saved in separate ∗.wav type file and then can be listened to using the in-app

player software. The main window of the Delta voice software is presented in Fig. 6.24.

Note: the Delta modulation frequency, that is, the sampling frequency with which the Delta modulator

works cannot be increased above the value of the source signal sampling frequency. It can only be reduced.

Note: Delta demodulation involves generating the Delta signal and then the low pass filtering of this signal.

Even if the Delta signal generated by the application and stored in a ∗.wav file is not previously filtered, the

filtering will be provided by the filters on the sound card of the computer running the application.

The Delta voice software allows the display of the error between the source signal and the modulated Delta

signal (linear or adaptive), that is, the quantization noise that ultimately affects the demodulated Delta signal.

The application displays the mean square value of the error, that is, the value of the power of the quantization

noise. The software also has a zoom feature for a better visualization of the Delta modulated signal and the

quantization error/noise.

The Delta voice software allows to visualize the spectrum of the source signal as well as of the Delta signal

(see the Spectrul SI and Spectrul SM buttons in the main window of the software - Fig. 6.24). The software

also allows low pass filtering of the Delta signal, the cutoff frequency and filter order being changeable. The

filtered Delta signal can be saved in a separate ∗.wav type file and can be listened to. The filter window is

shown in Fig. 6.25. The window is accessible by pressing the Filtru button. The filtered Delta signal can be

analyzed both in the time domain and in the frequency domain.

6.5 Application

1. Analyze the steps involved in PCM modulation. Identify the need for nonuniform quantization and analyze

the methods of implementing PCM modulation with nonuniform quantization.

2. Analyze the parameters of the µ compression law. Calculate and analyze the parameters of the A
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Figure 6.25: The Filter window of the Delta voice software.

compression law.

3. Analyze he coding/decoding tables (i.e. compression/expansion tables) for the µ and A compression laws.

4. Using the PCM software the following operations are performed:

(a) Upload a test file and visualize and listen to the test voice signal.

(b) The test signal is modulated using linear PCM modulation with 8 bits per codeword. The

demodulated PCM signal is visualized and listened to and the quantization error is displayed. The

effect of the quantization noise is subjectively identified.

(c) Attenuate the source signal (at least half) and the previous step is repeated. How is the quantization

noise perceived in this case? Explain the differences (if any) from the situation in the previous point.

(d) The test signal is modulated using PCM modulation with compression according to the µ law with 8

bits per codeword. The demodulated signal is visualized and listened to and the quantization error

is displayed. The effect of the quantization noise is subjectively identified. How is the quantization

noise perceived in this case compared to the situation without compression? Explain the differences

(if any) with respect to the case without compression.

(e) Attenuate the source signal (at least half) and the previous step is repeated, i.e. the source signal is

modulated PCM with compression according to the µ law. How is the quantization noise perceived

in this case? Explain the differences (if any) from the situation with linear PCM modulation.

(f) Repeat the previous steps (the 4 previous steps) for a smaller number of bits per PCM codeword,

for example 5 bits per PCM code word. The PCM modulation without and with compression is

performed for the situation in which the test signal is not attenuated, respectively is attenuated. In

each case, the quantization noise is displayed and the effect of this noise is evaluated subjectively.

(g) Consider the linear PCM modulated signal with 16 bits per codeword. The PCM signal is filtered

to the telephone band using the band pass filter integrated in the application. The effect of limiting

the signal band to the telephone band is subjectively identified. The filtering of the source signal to

narrower bands is repeated and the effects of these filtering operations are subjectively identified.

5. Analyze the steps involved in the linear and adaptive Delta modulation. Analyze the methods of

implementing the linear Delta modulation, respectively the adaptive Delta modulations with simple

adaptation of the quantization step.

6. Using the Delta sim software the following operations are performed:
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(a) The linear Delta modulation is considered and the following steps are taken:

• consider a test signal from those that can be generated and select a low value for the sampling

frequency.

• calculate/estimate the value of the quantization step that minimizes the slope overload distortion.

• generate the Delta modulated signal and evaluate the slope overload distortion (the error

displayed by the application can be used for this purpose).

• by successive tests determine the ”optimal” value of the quantization step, value that minimizes

the slope overload distortion and compare it with the previously calculated value.

• repeat the operations described above for another 2-3 (larger) values of the sampling frequency.

• repeat the operations described above for other test signals (for at least one more test signal).

• it is considered one of the modulation processes from the previous steps (test signal and linear

Delta modulation parameters) and the demodulation process is carried out.

• calculate/estimate the ”optimal” values of the low pass filter parameters which ensure the

minimization of the error (i.e. of the mean squared value of the error) after demodulation.

• determine through successive tests the ”optimal” values of the low pass filter parameters which

ensure the minimization of the error and compare it with the calculated values.

• repeat the demodulation operations described above for at least one more Delta modulation

process.

(b) The Song adaptive Delta modulation is considered and the following steps are taken:

• consider a test signal from those that can be generated and select a low value for the sampling

frequency.

• generate the Delta modulated signal and evaluate the slope overload distortion (the error

displayed by the application can be used for this purpose).

• by successive tests determine the ”optimal” value of the elementary quantization step, value that

minimizes the slope overload distortion.

• by successive tests determine the ”optimal” value of the elementary quantization step, value that

minimizes the mean square error. Compare the two ”optimal” values.

• repeat the operations described above for another 2-3 (larger) values of the sampling frequency.

• repeat the operations described above for other test signals (for at least one more test signal).

(c) The Jayant adaptive Delta modulation is considered and the following steps are taken:

• consider a test signal from those that can be generated and select a low value for the sampling

frequency.

• generate the Delta modulated signal and evaluate the slope overload distortion (the error

displayed by the application can be used for this purpose).

• by successive tests determine the ”optimal” value of the p parameter, value that minimizes the

slope overload distortion.

• by successive tests determine the ”optimal” value of the p parameter, value that minimizes the

mean square error. Compare the two ”optimal” values.

• repeat the operations described above for another 2-3 (larger) values of the sampling frequency.

• repeat the operations described above for other test signals (for at least one more test signal).

7. Using the Delta voice software the following operations are performed:

(a) Upload a test file and visualize and listen to the test voice signal.

(b) The test signal is modulated using linear Delta modulation. The modulated signal (i.e. the predicted

signal) is visualized and listened to. The distortions introduced by the linear Delta modulation are

subjectively identified.
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(c) Repeat the previous step (i.e. linear Delta modulation) for different values of the quantization step

and find an ”optimal” value of the quantization step.

(d) The test signal is modulated using Song adaptive Delta modulation. The modulated signal (i.e. the

predicted signal) is visualized and listened to. The distortions introduced by the Song adaptive Delta

modulation are subjectively identified.

(e) Repeat the previous step (i.e. Song adaptive Delta modulation) for different values of the elementary

quantization step and find an ”optimal” value of the elementary quantization step.

(f) The test signal is modulated using Jayant adaptive Delta modulation. The modulated signal (i.e.

the predicted signal) is visualized and listened to. The distortions introduced by the Jayant adaptive

Delta modulation are subjectively identified.

(g) Repeat the previous step (i.e. Jayant adaptive Delta modulation) for different values of the p

parameter and find an ”optimal” value of the p parameter.

(h) Considered the linear Delta modulated signal. Calculate/estimates the optimal parameters of the

low pass filter from the demodulator. The Delta signal is filtered using the built-in low pass filter.

Adjust the cutoff frequency and the filter order and repeat the experiment several times and determine

experimentally the ”optimal” values of the filter’s parameters. Compare the ”optimal” values of the

filter parameters obtained theoretically with those obtained experimentally.

6.6 Solved PCM modulation problems

Consider the normalized A compression law (see Fig. 6.13) and a source signal with dynamic range−1.5V ÷1.5V .

Determine the code obtained at the output of the PCM coder working according to the A compression law for

a sample having the voltage Vin = −0.457790V . It is considered the 8-bit binary code obtained as a result of

the PCM encoding of the sample with voltage Vin. Determine the voltage Vout of the sample obtained at the

output of the PCM decoder that works according to the A compression law.

6.6.1 PCM coding

Method a. - using the compression characteristic:

Since the compression characteristics are normalized, the first step is to normalize the input voltage:

Vinnorm = −0.457790/1.5 = −0.305193

The value of the sign bit is set bsemn = 0 and further on the value of the modulus of the normalized input

voltage is used |Vinnorm
| = 0.305193.

The next step is to determine the segment where this input voltage falls. For this we consider the axis x

of the compression function (the A law ) and it is observed that this value falls in segment 6, delimited by the

values 0.25− 0.5. Thus the segment code obtained is: 1102.

The last step is to determine the subsegment in which the value of the input voltage falls. To do this, it is

determined the size of a subsegment of segment 6, q6 = (0.5 − 0.25)/16 = 0.015625. Using this value can be

determined the subsegment in which the input voltage is found: subsegment = (0.305193−0.25)/0.014625 = 3.3

⇒ subsegment code = 00112.

The code obtained at the output of the PCM encoder is: 11100011.

Method b. - using the coding table:

In a first phase, the code from the input of the digital compressor is determined. For this it is calculated the

elementary quantization step of the uniform A/D converter working on 13 bits: qe = 2/213 = 1/212, and then it

is determined the decimal code returned by the mentioned A/D converter: val = |Vinnorm
|/qe = 0.305193 ·212 =

1250.070528 ⇒ val = 1250, value written in binary as 0100111000102.

The sign bit has already been determined, bsemn = 0, and from Tab. 6.3 can be determined the segment

code: 1102, and the subsegment code: 00112.
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The code obtained at the output of the PCM encoder is the same as the code obtained with method a.:

11100011.

6.6.2 PCM decoding

Method a. - using the compression characteristic:

At the destination the value of the output voltage can be determined using the relation:

Vout = Limită inferioarăsegi + cod subsegment · qi + 1/2qi

and it is obtained:

|Vout| = (0.25 + 3 · 0.015625 + 0.5 · 0.015625) · 1.5 = 0.3046875 · 1.5 = 0.45703125,

having a quantization error of: erq = (0.305193− 0.3046875) · 1.5 = 0.0005055 · 1.5 = 0.00075825.

The multiplication with 1.5 achieves the de-normalization of the normalized output voltage, respectively of

the quantization error, which result from the normalized compression characteristic.

Method b. - using the coding table:

From the code received from the line and based on Tab. 6.3 can be determined the sign, the position of the

first bit of 1 and the next 4 bits 0010011xxxxxx. Fill in the last 6 bits with a bit of 1 followed by 0 bits and

we get 00100111000002. Transform the binary code into a decimal number and the value 1248 is obtained. The

output voltage is computed as:

|Vout| = 1248 · qe · 1.5 = 1248 · 2−12 · 1.5 = 0.3046875 · 1.5 = 0.45793125.

Multiplying by 1.5 it is achieved the the de-normalization of the normalized output voltage that results from

using a uniform D/A converter with normalized transfer function.

6.7 PCM modulation questions and problems

1. A compression function is approximated with 4 segments, each segment being divided into 8 subsegments.

How many bits is needed for PCM coding?

2. It is given the approximated compression function: (0, 0)−(0.1, 0.25)−(0.3, 0.5)−(0.6, 0.75)−(1, 1). Give

the expansion function approximated by line segments.

3. Determine the mathematical expressions corresponding to the expansion function for the µ and A

compression laws (variable x according to the variable y).

4. Explain the advantages/disadvantages of nonuniform quantization.

5. Compute the parameters that characterize the A compression law (see the parameters in Tab. 6.1).

6. A compression function is approximated with 4 segments: (0, 0)−(1/8, 0.25)−(1/4, 0.5)−(1/2, 0.75)−(1, 1),

and each segment is divided into 8 subsegments. What code is obtained at the output of the PCM coder if

the input sample’s voltage is 0.755V , and the dynamic range of the signal is −1V ÷1V ? (The compression

function coordinates are given in the format (x, y) ). Compute the voltage obtained at the output of the

compressor block. Repeat the exercise for a dynamic range of the input signal of −2.5V ÷ 2.5V .

7. Consider the PCM binary codes obtained in the previous exercise. Determine the voltages of the samples

obtained at the output of the PCM decoder.

8. Repeat the solved problem for other values of the input sample’s voltage and the dynamic range of the

source signal.
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6.8 Solved Delta modulation problems

It is given the following signal: x(t) = sin(2π100t). The sampling frequency is fe = 10fm, where fm is the

maximum frequency in the source signal spectrum (sinusoidal signal frequency in this case).

a. Determine the quantization step for linear Delta modulation.

b. Using the linear Delta modulation determine the bit sequence obtained at the output of the modulator.

c. Plot the modulated signal obtained by using the linear Delta modulation.

d. Compute the signal-to-noise ratio for linear Delta modulation.

e. Using the Song algorithm determine the bit sequence obtained at the output of the modulator. The initial

quantization step is ∆0 = 0.2, and the elementary quantization step is ∆e = 0.2.

f. Plot the modulated signal obtained by using the Song adaptive Delta modulation.

g. Using the Jayant algorithm determine the bit sequence obtained at the output of the modulator. The

initial quantization step is ∆0 = 0.2, and the p parameter is 1.2.

h. Plot the modulated signal obtained by using the Jayant adaptive Delta modulation.

Solution

a. The quantization step of the linear Delta modulation must be chosen so to eliminate (practically minimize)

the slope overload distortion. It follows that the optimum quantization step can be computed as: ∆ =

|dx(t)/dt| · Te

Te = 1/fe = 1/(10 · 100) = 1/1000 = 1ms

∆ = 10−3 · 200πcos(2π100t).

From the previous relation it is observed that the optimal value of the quantization step is not constant

with time and should be modified according to the value of the source signal, which is impossible in the

case of linear Delta modulation. In this case, at time t = 0 the value of the quantization step should

be ∆ = 10−3 · 200π = 0.628, this being the maximum value of the optimal quantization step. At time

t = Tm/4 = 1/4fm the value of the quantization step should be ∆ = 0, this being the minimum value of

the optimal quantization step. The quantization step of the linear Delta modulation must be chosen, in

this case, between the two extreme values corresponding to the moments of time t = 0 and t = Tm/4. A

possible solution (not necessarily the best one) is to use the optimal quantization step from time t = Tm/8,

i.e. the value of the quantization step will be:

∆ = 10−3 · 200πcos(π/4) = 0.2π · 1/
√

2 = 0.444288.

To simplify the calculations it will be used the value ∆ = 0.44.

b.c. The values of the source signal samples, samples considered over a period of the signal, are the following:

x(0) = sin(0) = 0

x(10−3) = sin(2π0.1) = 0.58

x(2 · 10−3) = sin(2π0.2) = 0.95

x(3 · 10−3) = sin(2π0.3) = 0.95

x(4 · 10−3) = sin(2π0.4) = 0.58

x(5 · 10−3) = sin(2π0.5) = 0

x(6 · 10−3) = sin(2π0.6) = −0.58

x(7 · 10−3) = sin(2π0.7) = −0.95
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Figure 6.26: The sinusoidal source signal and the Delta signal obtained with the linear Delta modulation.

x(8 · 10−3) = sin(2π0.8) = −0.95

x(9 · 10−3) = sin(2π0.9) = −0.58

x(10 · 10−3) = sin(2π1) = 0

The initial value of the predicted signal is considered x̂(t) = 0.

In Fig. 6.26 it is presented the source signal, the predicted signal (i.e. the linear Delta modulated signal)

and the bit sequence generated by the modulator. The moments of comparison between the predicted

signal and the source signal are also identified in the figure (see the curved arrows).

d. Ps = A2/2 = 0.5

Pzq = ∆2/12 = 0.442/12 = 0.016133

SNR = Ps/Pzq = 0.5/0.016133 = 30.99

SNRdB = 10lg(30.99) = 14.91dB

e.f. Considering the source signal sample values, the value of the elementary quantization step ∆e = 0.2, as

well as the initial value of the quantization step ∆0 = 0.2, the bit generated by the modulator at time 0

b0 = 0 and the initial value of the predicted signal x̂(t) = 0, the quantization step values in the case of

Song adaptive Delta modulation will be, at the sampling time moments, the following:

b1¬b0 ⇒ ∆1 = ∆0 −∆e = 0⇒ ∆1 = ∆e = 0.2

b2 = b1 ⇒ ∆2 = ∆1 + ∆e = 0.4

b3 = b2 ⇒ ∆3 = ∆2 + ∆e = 0.6

b4¬b3 ⇒ ∆4 = ∆3 −∆e = 0.4

b5 = b4 ⇒ ∆5 = ∆4 + ∆e = 0.6

b6 = b5 ⇒ ∆6 = ∆5 + ∆e = 0.8

b7 = b6 ⇒ ∆7 = ∆6 + ∆e = 1

b8¬b7 ⇒ ∆8 = ∆7 −∆e = 0.8

b9 = b8 ⇒ ∆9 = ∆8 + ∆e = 1
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Figure 6.27: The sinusoidal source signal and the Delta signal obtained with the Song adaptive Delta modulation.

b10¬b9 ⇒ ∆10 = ∆9 −∆e = 0.8

In Fig. 6.27 it is presented the source signal, the predicted signal (i.e. the Song adaptive Delta modulated

signal) and the bit sequence generated by the modulator. The moments of comparison between the

predicted signal and the source signal are also identified in the figure (see curved arrows).

g.h. Considering the source signal sample values, the value of parameter p = 1.2, as well as the initial value of

the quantization step ∆0 = 0.2, the bit generated by the modulator at time zero b0 = 0 and the initial

value the predicted signal x̂(t) = 0, the values of the quantization step in the case of Jayant adaptive

Delta modulation will be, at the sampling time moments, the following:

∆0 = 0.2, p = 1.2, b0 = 1

b1¬b0 ⇒ ∆1 = ∆0/p⇒ ∆1 = ∆0

b2 = b1 ⇒ ∆2 = ∆1 · p = 0.24

b3 = b2 ⇒ ∆3 = ∆2 · p = 0.288

b4¬b3 ⇒ ∆4 = ∆3/p = 0.24

b5 = b4 ⇒ ∆5 = ∆4 · p = 0.288

In Fig. 6.28 it is presented the source signal, the predicted signal (i.e. the Jayant adaptive Delta modulated

signal) and the bit sequence generated by the modulator. The moments of comparison between the

predicted signal and the source signal are also identified in the figure (see curved arrows).

Note: due to the multiple values that can be taken by the quantization step and implicitly by the Delta

signal, which generates certain ”problems” of graphical representation (i.e. to avoid overloading the

figure), the Jayant Delta signal is represented only for the first 5 sampling moments.

6.9 Delta modulation questions and problems

1. It is given the signal in Fig.6.29. The sampling frequency is fe = 10fm.
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Figure 6.28: The sinusoidal source signal and the Delta signal obtained with the Jayant adaptive Delta
modulation.

a. Determine the quantization step for linear Delta modulation.

b. Using the linear Delta modulation determine the bit sequence obtained at the output of the

modulator.

c. Plot the modulated signal obtained by using the linear Delta modulation.

d. Compute the signal-to-noise ratio for linear Delta modulation.

e. Using the Song algorithm determine the bit sequence obtained at the output of the modulator. The

initial quantization step is ∆0 = 0.2, the initial bit generated by the modulator is b0 = 0 and the

elementary quantization step is ∆e = 0.2.

f. Plot the modulated signal obtained by using the Song adaptive Delta modulation.

g. Using the Jayant algorithm determine the bit sequence obtained at the output of the modulator.The

initial quantization step is ∆0 = 0.2, the initial bit generated by the modulator is b0 = 0 and the p

parameter is 1.2.

h. Plot the modulated signal obtained by using the Jayant adaptive Delta modulation.

2. What are the advantages and disadvantages of Delta modulation compared to PCM modulation?

3. What the prediction circuit of the current sample for Delta modulation is made of? Discuss some

implementation solutions.

4. What the demodulation circuit of the linear Delta respectively the adaptive Delta modulation is made of?

5. What is the rule of quantization step adaptation in the case of the Jayant algorithm? But in the case of

Song algorithm? What would be an ”optimal” adaptation rule for the quantization step in the case of

adaptive Delta modulation?

6. Ideally how should the value of the quantization step be chosen in the case of linear Delta modulation?

———————————————
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Chapter 7

Data transmissions in the telephone

band

7.1 Introduction

This chapter aims to familiarize the reader with the basic issues related to data transmissions performed in

the telephone band. There are considered fax transmissions and data transmissions with dial-up modems. In

addition to presenting the basic aspects of the transmissions mentioned above, the chapter proposes a practical

exercise for configuring fax and data transmission equipment.

The main aspects that are specifically considered in this chapter are the following:

• setting up a fax machine and performing fax transmissions using such equipment.

• configuring a fax modem computer card with automatic answering equipment (telephone answering

machine) capabilities.

• testing the fax modem card mentioned above in automatic and manual answering modes and performing

fax transmissions using different software interfaces.

• configuring a dial-up modem using AT commands and performing file transfers using specific

communication protocols.

• spectral analysis of the modulated signal generated by a dial-up modem.

7.2 Fax transmissions

Fax protocols ensure the transfer of text and images over the telephone line. These transmission techniques

replaced the old Telex techniques, which only provided text transmissions at reduced rates, and dedicated

networks were used for these transmissions. Due to the reduced bandwidth of the telephone channel the fax

transmission rates and thus the resolution of the transmitted images are reduced. For this reason and due to

the emergence of other alternatives (e-mail services, chat, etc.), following the development of broadband digital

networks, the importance of fax transmissions has decreased significantly, although still are used on a fairly

large scale [58] [59].

Digital standards for fax transmission over the telephone line, so-called Group 3 standards, allow the following

resolutions:

• horizontal: 100 lines, vertical: 100 lines - basic resolution.

• horizontal: 200 lines, vertical: 100 lines - standard resolution.
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• horizontal: 200 lines, vertical: 200 lines - fine resolution.

• horizontal: 200 lines, vertical: 400 lines - superfine resolution.

• horizontal: 300 lines, vertical: 300 lines.

• horizontal: 400 lines, vertical: 400 lines - ultra-fine resolution.

Note: the first fax transmission standards, so-called Group 1 and Group 2 standards, were based on analogue

transmissions and had a working principle similar to analog TV transmission. These standards are no longer

used.

Group 4 standards are intended to operate on 64kbps ISDN digital lines and allow higher resolutions of the

transmitted images. There are also dedicated standards for fax transmissions over IP networks (FoIP - Fax over

IP). The resolution of the transmitted images varies from small values (150DPI) to large values (9600DPI or

higher values).

A fax machine that works on the telephone line is composed of a scanner, a printer (the scanner and

printer having the resolutions mentioned above), a dial-up modem, which ensures the digital transmission, and

the control block that performs the synchronization between the fax equipment and implements the required

signaling operations. The fax transmission rates over the telephone line are identical to the rates that are

provided by the dial-up modems included in the equipment. Depending on the dial-up modem standard used,

fax transmissions over the telephone line can be performed at the following bit rates [59] [60]:

• 2400bps, 4800bps - standard ITU-T V.27.

• 4800bps, 7200bps, 9600bps - standard ITU-T V.29.

• 7200bps, 9600bps, 12000bps, 14400bps - standard ITU-T V.17.

• 28800bps - standard ITU-T V.34.

• 33600bps - standard ITU-T V.34bis.

The signaling between the fax equipment takes place in the telephone band (in band signaling) after the

set up of the voice connection. The detection of the equipment (handshaking) takes place using specific fax

tones (there is a tone generated by the calling fax equipment and one generated by the called fax equipment),

after which the dial-up modems are synchronized and the capabilities detection takes place, meaning the fax

standards which the equipment are using are detected. The signaling sequence corresponding to a fax connection

on the telephone line is shown in Fig. 7.1 [58].

The transmission fax signal is continuously generated after dialing the number to inform the called

terminal as soon as possible that a fax transmission will be performed. There is also the possibility that the

fax transmission and, implicitly, the generation of the transmission fax tone to be triggered manually after the

telephone connection is established. The called fax machine can answer automatically after a preset number of

ring signals, or the fax reception can be triggered manually, at which point a specific tone is generated. The

manual mode is used when the fax machine is also used as a telephone, with the possibility of a person

answering a call in which a fax transmission is desired.

7.3 Dial-up transmissions

Data transmissions performed in telephone networks, also called dial-up transmissions, were the first solutions

for the implementation of WAN (Wide Area Network) computer networks [61]. Later, at the beginning of the

Internet network, they represented the main user access technique to the Internet. With the development of

broadband networks and access technologies the importance and usefulness of dial-up transmissions has fallen

sharply, currently being used as backup solutions or in certain special applications. Dial-up data transmissions
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FAX 
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FAX tone - transmission

FAX transmission

ON HOOK
ON HOOK

Figure 7.1: The signaling sequence corresponding to a fax connection on the telephone line.

take place in the telephone band (300 - 3400Hz) or in the extended telephone band (0 - 4000Hz), in the case

of newer standards, but these transmissions can only take place in digital telephone networks (with digital

switching and transport).

Over time, several dial-up modem standards have been developed, standards that are briefly mentioned

below [60]:

• Bell 101: 110bps; 2-wire duplex transmission; switched telephone lines; FSK modulation.

• Bell 103 / ITU-T V.21: 300bps; 2-wire duplex transmission; switched telephone lines; FSK modulation.

• Bell 202: 1200bps; 2-wire simplex transmission; switched telephone lines; FSK modulation.

• Bell 212A / ITU-T V.22: 1200bps; 2-wire duplex transmission; switched and leased telephone lines; FDD

(Frequency Division Duplexing) duplexing; QPSK modulation.

• ITU-T V.22bis: 2400bps; 2-wire duplex transmission; switched and leased telephone lines; FDD duplexing;

16QAM modulation.

• ITU-T V.23: 1200/600bps; simplex transmission; switched telephone lines; FSK modulation; 75bps

backward channel for ARQ operations, FSK modulation, positioning at the lower edge of the telephone

band.

• ITU-T V.26: 2400bps; 4-wire duplex transmission; leased telephone lines; QPSK modulation.

• ITU-T V.26bis: 2400/1200bps; simplex transmission; switched telephone lines; BPSK/QPSK modulation;

75bps backward channel, FSK modulation, positioning at the lower edge of the telephone band.

• ITU-T 26ter: 2400bps; 2-wire duplex transmission; switched telephone lines; duplexing by echo

compensation; QPSK modulation.

• ITU-T V.27: 4800bps; simplex transmission; leased telephone lines; manual channel equalizer; 8PSK

modulation; 75bps backward channel, FSK modulation, positioning at the lower edge of the telephone

band.
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• ITU-T V.27bis: 4800/2400bps; 4-wire duplex transmission; leased telephone lines; automatic channel

equalizer; 4PSK/8PSK modulation; optional backward channel.

• ITU-T V.27ter: 4800/2400bps; simplex transmission; switched telephone lines; automatic channel

equalizer; 4PSK/8PSK modulation; optional backward channel.

• ITU-T V.29: 9600bps; 4-wire duplex transmission; leased telephone lines; automatic channel equalizer;

16QAM modulation (circular constellation - double 8PSK).

• ITU-T V.32: 9600/7200/2400bps; 2-wire duplex transmission; switched and leased telephone lines;

duplexing by echo compensation; 16QAM/32QAM modulation; trellis coding option.

• ITU-T V.32bis: 14400/12000/9600/7200/4800bps; 2-wire duplex transmission; switched and leased

telephone lines; duplexing by echo compensation; 128QAM modulation (the largest modulation

constellation); trellis coding option.

• ITU-T V.33: 14400bps; 4-wire duplex transmission; leased telephone lines; 128QAM modulation; trellis

coding option.

• ITU-T V.34: 33600/31200/28800/26400/24000/21600/19200/6800/14400/12000/

9600/7200/4800/2400bps; 2-wire duplex transmission; switched and leased telephone lines; duplexing by

echo compensation; 1664QAM modulation (superconstellation), 4 dimensional trellis coding.

• ITU-T V.90: 56.0/33.6 kbps; pair of digital and analog modems on switched lines; downstream rates 28800

- 56000bps with an increment of 8000/6 bps (the digital modem is connected to a digital switched network,

on a digital BRI/PRI interface); downstream modulation PAM/PCM A/µ law ; upstream maximum speed

33600bps (V.34); switched telephone lines; duplexing by echo compensation.

• ITU-T V.91: 64kbps; digital modem; 4-wire duplex transmission; switched and leased telephone lines;

rates between 28000 and 64000bps with an increment of 8000/6bps; PAM/PCM modulation A/µ law .

• ITU-T V.92: 56.0/48.0 kbps; pair of digital and analog modems on switched lines; downstream rates

28000 - 56000kbps with an increment of 8000/6 bps (the digital modem is connected to a digital switched

network, on a digital BRI/PRI interface); downstream modulation PAM/PCM A/µ law; upstream rates

24000 - 48000bps with 8000/6 bps increment, PAM/PCM modulation A/µ law; switched telephone lines;

duplexing by echo compensation.

7.4 Modem - data terminal interface

The connection of a dial-up modem (Data Communication Equipment - DCE) to a data terminal/computer

(Data Terminal Equipment - DTE) is usually realized on a serial communication port (COM port) of Universal

Asynchronous Receiver/Transmitter UART type [62]. A physical UART port has the following ”encoding” of

the logical levels: 0 logic, active state, assigned voltages: +3 ÷ +15V; 1 logic, inactive state, assigned voltages:

-3 ÷ -15V; usual voltage values on the UART port pins: ±5V, ±10V, ±12V and ±15V. The connectors used

are DB25 (25 pins) and DB9 (9 pins). The DB9 connector replaced the 25-pin connector on the newer data

terminals. The diagram of the modem - data terminal connection and the signals on the RS232 UART port are

shown in Fig. 7.2. The signals on this serial interface are the following:

• GND - signal ground; there is also a chassis ground (the metal frame of the connector); for the usual

data/PC computer equipment the two ground wires are connected together.

• DTR - Data Terminal Ready (DTE → DCE); data terminal ready for transmission.

• DSR - Data Set Ready (DCE → DTE); communication equipment ready for transmission.
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Figure 7.2: Connecting the dial-up modem to the data terminal on a UART RS232 port.

• RTS - Request To Send (DTE → DCE); transmission request from the data terminal.

• CTS - Clear To Send (DCE → DTE); communication equipment ready for transmission.

• TxD - Transmitted Data (DTE → DCE); data transmission.

• RxD - Received Data (DCE → DTE); data reception.

• DCD - Data Carrier Detected (DCE → DTE); carrier detection.

• RI - Ring Indicator (DCE → DTE); ring detection.

Due to the fact that the port is asynchronous we have no clock signals between the modem and the data

terminal, and the transmission takes place at character level, each character having its own synchronization

information. More specifically it is the so called Start - Stop transmission, which consists of the following: 5 -

8 bit characters are transferred (usually 7 - 8 bits), each character begins with a Start bit (0 logic) and ends

with 1 - 2 Stop bits (1 logic); between characters can be pauses, while the date line is in 1 logic; there is the

possibility of using a parity bit (even or odd parity) with which a bit error can be detected on the character

(more precisely an odd number of errors can be detected; if we have an even number of errors, their effect

compensates each other).

The parity bit is computed according to relation:
(∑N

i=1 bi + P
)
mod2

= I, where bi represents the bits of

the character, P represents the parity bit, and I is 0 for even parity and 1 for odd parity.

The following bit rates can be programmed on a UART RS232 interface [63]: 110, 150, 300, 600, 1200,

2400, 4800, 9600, 19200, 38400, 56000, 57600 and 115200bps. There are also UART interfaces that can be

programmed with other rates, respectively the maximum rate can be increased up to 230400bps, but usually

the maximum rate is 115200bps.

If a modem card is used that connects to the internal data bus of the data terminal, or if the external modem

connects to a USB communication port, the COM UART interface between the modem and the data terminal

is a virtual one that emulates the functioning of the physical port.

7.5 Control of data transfer in dial-up modem transmissions

A flow control algorithm must be implemented on the UART interface, because due to the bit rate difference

on the modem - data terminal interface and the modem - telephone line interface and the burst transmissions

the modem transmission buffer can be filled up, at which point the transmission of the data terminal must be

stopped. After clearing the buffer the transmission can resume. This process of controlling the transmission

rate on the UART interface can be performed hardware, using the RTS/CTS signals, or software using special

ASCII characters to stop or start the transmission, Xon/Xoff mechanism (Xon: DC1 ASCII / 11 hex / CTRL

+ Q; Xoff: DC3 ASCII / 13 hex / CTRL + S). In this case data sequence manipulations are required to avoid

the effect of Xon/Xoff characters that may appear in the data sequence [64].

For controlling the data transfer between modems, several protocols for text and data transfer have been

developed over time (it usually about files). Some of the most common protocols are:
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• ASCII protocol - ensures the transfer of ASCII characters/text on the UART interface to and from the

modem [65].

• Xmodem/Ymodem - simple File Transfer Protocol (FTP) that integrates basic file transfer functionality:

packet generation, error detection, simple Stop&Wait type Automatic Retransmission ReQuest (ARQ);

several variants have been developed, not all compatible with each other [66].

• Kermit - represents an improved version of the Xmodem/Ymodem FTP protocols that supports text and

file transfer; implements a Sliding Window ARQ mechanism; it has better performance than previous

versions and has evolved into a ”de facto” standard (officially non-standardized mechanism) for FTP

applications on dial-up modems [67].

• Zmodem - is one of the most advanced FTP protocols for dial-up applications; provides significantly higher

performance compared to other previous protocols; implements a Sliding Window type ARQ mechanism,

the error detection being performed with a CRC-32 control sequence; the data transfer can be initiated

by the source (it was not possible in the previous protocols) and is restartable, that is, an interrupted file

transfer can continue from the point where the transfer was interrupted without the need to restart the

transfer from the beginning of the file, as it happens in the case of the previous protocols [68].

The standardization bodies have also developed several standards that refer to the control of errors in dial-up

data transmissions respectively to the data compression, in order to increase the effective transfer rate. Of these

standards the following can be briefly mentioned [60]:

• ITU-T V.41: code independent error control mechanism; the error correction is based on an ARQ process

performed by an intermediate equipment, inserted between DTE and DCE (can be included in one of these

equipment); for error detection the x16 + x12 + x5 + 1 generator polynomial is used; the retransmission

requests are transmitted on the low rate backward channel; the standard is intended for low-speed simplex

modems.

• ITU-T V.42: it is a standard specifying an error correction protocol based on the ARQ technique; is

intended for DCE duplex equipment and allows the receiver to request immediate retransmission of any

lost data packet, but does not guarantee a minimum retransmission time; it defines a generator polynomial

of order 32 (standard ITU-T CRC-32 polynomial): x32 + x26 + x23 + x22 + x16 + x12 + x11 + x10 + x8 +

x7 + x5 + x4 + x2 + x+ 1; the standard also ensures the conversion of asynchronous data received on the

UART interface into synchronous data according to standard ITU-T V.14 - it is essentially a positive or

negative justification mechanism that inserts or deletes stop bits.

• ITU-T V.42bis: it is an adaptive data compression standard based on the Lempel Ziv dynamic dictionary

algorithm; it can also work in a transparent way, i.e. without data compression. The concrete algorithm

used is BTLZ (British Telecom Lempel Ziv).

• ITU-T V.44: is an adaptive data compression standard based on LZJH (Lempel-Ziv-Jeff-Heath) algorithm

incorporated in V.92 dial-up modem standard; V.44 offers a better compression rate than V.42bis, at least

for certain types of data sequences and provides on average a 15% higher throughput.

7.6 Control and configuration of dial-up modems using AT

commands

AT (Attention) commands, also called Hayes commands by the name of the inventor (Denis Hayes), were

developed to allow automatic dialing of the dial-up modems and software configuration of these modems [69] [70].

AT commands were initially developed (in 1981) for 300bps modems and most dial-up modems recognize these

commands. The AT commands consist of a series of short text sequences that can be combined/concatenated
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(no special characters for concatenation are defined) to command different sequences of operations (e.g. line

connection, number dialing, transmission/connection parameters change/adaptation, transmission termination

detection, line disconnect, etc.). With the development of dial-up modem technologies the configuration of

these equipment has become more complex, newer modems having a number of additional functions. To

configure these functions new commands have been developed, identified by the & prefix character (ampersand

commands), respectively by the % character (percent commands), while the commands in the base set are

still supported. The % commands usually refers to proprietary commands (or at least related to proprietary

solutions implemented in the modem) and can vary significantly from one type of modem to another.

The main innovation of the AT/Hayes commands is that the modem configuration is performed without

defining physical signals or new pins on the modem - data terminal serial interface. Commands are sent to the

modem using the data transmission line, TxD, and the answers generated by the modem are received on the

data reception line, RxD. From the point of view of the transmission and execution of the AT commands, the

modem can be in two distinct states:

• data transmission mode (data mode): the modem considers all characters received on the UART port as

data and transmits them on the line.

• command mode: characters received on the UART interface are considered as part of the AT text

commands generated by the data terminal.

Switching from the data mode to the command mode is performed with the ”+++” (escape sequence)

followed by a pause of approximately 1s. It should be mentioned that after the connection is established, the

modems automatically switch to data transmission mode. Manual switching from the command mode to the

data mode can be done with the command O (online). In addition to the types of AT commands mentioned

above there is also a separate set, so called register commands. A register represents a specific physical location

in the internal memory of the modem and the AT register commands serve to establish and modify the values

in these registers, respectively to read the values contained in the registers. The registers are identified by the

character S followed by a number, i.e. the number of the register.

Due to the fact that AT commands are not standardized by any standardization institute (they represent

a ”de facto” standard) there are numerous incompatibility problems between different manufacturers. These

incompatibilities refer both to the differences regarding the change of the modem state to different commands

(the timing of these state changes) and the management of the errors that have occurred, as well as to the

existence of specific commands for certain types of modems, dedicated commands for certain operations. For

these reasons, certain communication protocols offer options that allow the user to configure the modem using

commands specific to that transmission equipment.

There are AT commands (maybe more correctly AT type commands or AT similar commands) developed

for GSM/3G modems [71]. There are ETSI standards that specify these commands [72], but in this case also

there are differences between different types of modems regarding the commands actually implemented. There

are also, in many cases, proprietary extensions of the AT command set. The transmission/reception of the AT

commands to/from GSM/3G modems is based on a Point to Point Protocol (PPP) connection between the

data terminal and the modem (only between these two devices). In the case of higher-speed modems (e.g. 4G

modems) it is common to define a virtual Ethernet interface, which involves the use, instead of AT commands,

of specific commands of the equipment manufacturer.

7.7 FAX equipment

Samsung SF-360 inkjet telephone fax

It is a fax machine with inkjet printer that can also be used as a telephone [73]. The connection to the line

is made using an RJ11 socket. There is also an RJ11 socket for connection of another telephone device or
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Figure 7.3: Samsung SF-360 inkjet fax equipment.

automatic answering/telephone answering machine (TAM - Telephone Answering Machine) for taking (and

storing) telephone messages. Some fax machines also have built-in answering machines such as the Samsung

SF-365TP fax machine. The SF-360 allows four working modes, namely: telephone (TEL mode), fax (FAX

mode), automatic (AUTO mode) and telephone answering (TAM mode).

• in TEL mode, the equipment works like a normal phone, meaning it cannot answer a call automatically,

but it is possible to send or receive a fax manually.

• in FAX mode, the machine automatically responds to a call after a certain number of received ring signals

and enters the fax reception mode (it generates the reception fax tone), without waiting for the detection

of the transmission fax tone.

• in AUTO mode, the machine automatically answers a call, but does not start the fax reception unless it

detects a transmission fax tone. If this tone is not detected it generates/imitates a ring tone, announcing

the user that it is a phone call. If the user does not answer, after a while, the equipment enters the FAX

mode and waits for a fax transmission tone. If it does not receive a fax tone within a certain time, it will

be automatically disconnected.

• in TAM mode, the equipment waits for several ring signals, which means that it will allow the answering

machine time to answer the call. If this does not happen, it switches to FAX mode, answers the call and

generates the reception fax tone.

In Fig. 7.3 it is presented the SF-360 fax machine as well as the front panel containing the display and the

function keys.

The configuration of certain parameters such as working mode, resolution, gray level (the scanner and the

printer are black and white) is done from the function keys or from a menu (most settings), accessible with the

Menu key. The selection in the menu is done with the scroll keys, and the validation of an option is done with

the OK key. Exiting a menu is done with the Back key. The Start Fax key allows fax transmission or reception

to be initiated manually, and the Stop/Clear key allows any transmission or configuration operations to be

aborted. The Start Copy key allows to scan and print a document, i.e. a xerox working mode. The specific

functions of the telephone, redial, microphone lock (Mute), hands free call (On Hook Dial) are activated with

specific keys. The phone book is managed using the Phone Book key and a specific menu.

Configuring the equipment, i.e. setting the working mode, setting the printer’s parameters, managing the

phone book, setting the number of automatic answer rings, setting the date and time, setting the ringer level
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and the reception level, setting the level of the tones associated with the keys, setting the system’s identifier,

setting the resolution of the scanner, establishing the working mode of the printer, testing the scanner, etc., will

be performed based on the user manual.

Note: in the case of some fax equipment, such as SF-365TP, it is possible to make a connection with a

computer on a USB port, and use the equipment as a printer.

Wayjet fax modem card

It is a 56kbps fax modem that implements the following ITU-T communications standards: V.90 (reception at

56kbps), V.92 (transmission at 48kbps), V.34+ (transmission/reception at 33.6kbps), V.17 , V.29 and V.27ter

(Fax Group III - transmission at 14.4kbps), H.324 (teleconferencing support), V.42bis/MNP5 (data

compression), V.42/MNP2-4 (error correction). The fax modem also offers support for voice functions and

integrates an automatic answering machine/telephone answering machine (TAM) equipment. The Wayjet fax

modem is an internal modem (expansion board on the PCI bus of the computer - see Fig. 7.4) with Intel

536EP chipset. On the modem board can be seen (Fig. 7.4) the following components:

• jack sockets for microphone and speaker - see also Fig. 7.5.

• RJ11 sockets for connection to the line of the modem, respectively for connection to the modem of an

analog telephone - see also Fig. 7.5.
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• a mini speaker for signaling tones used on the subscriber loop.

• a bridge rectifier for rectifying the ring signal.

• a capacitor that ensures the connection to the line of the ringer circuit.

• line transformer.

• modem/telephone switching relay.

• the ICs that implement the modem.

• the quartz crystal resonator used by the board’s clock generator.

With the help of a microphone and an external speaker (or a headset + microphone), can be made telephone

calls (voice calls), without having to use an analog telephone connected to the modem.

The FaxTalk Communicator software

The Wayjet fax modem can be controlled/configured using a software tool dedicated to voicemail and fax

communications called FaxTalk Communicator [74]. It should be mentioned that the fax modem control can

also be done with other software tools, for example those integrated in the Windows operating systems. In Fig.

7.6 it is presented the main window of the application in question as well as the Inbox and Outbox windows.

The modem has fax and TAM functionality, meaning that it can automatically receive faxes and record

telephone messages. Faxes and messages are stored in the Inbox along with information regarding the phone

number from which the call was received, user identifier, message type, call date and time, voice message

duration, etc. The faxes can be viewed by clicking on the selected fax entry, and the messages can be listened to

using the integrated player application, the control keys of this application being available in the Inbox window.

The main window displays the number of faxes and messages that have not been viewed or listened to. Of

course the faxes and messages from Inbox can be deleted. The Outbox window displays faxes (phone number,

date, status, recipient name) that could not be sent for different reasons, respectively those that are scheduled

to be sent at a certain date and time.

The main window of the application includes a keyboard with the typical symbols of a common telephone

keypad. With this keypad can be dialed phone numbers. We have separate keys for: ”Dial”, ”Mute” - the

microphone is switched off, ”Flash” - a flash pulse is generated, ”Hold” - the current call is placed on hold,

”Speaker” - the speaker is switched on/off, respectively it is used for manual answer of an incoming call. We

have keys for speed dialing of several phone numbers - ”Speed Dial”, and we have the possibility to define a

phone book ”Phonebook”. There are defined two adjustment bars for the volume of the microphone and the

speaker.

To send a fax, select the ”Send a Fax” option from the ”File” menu and then open several windows in

which the phone number, the recipient’s name/identifier, the fax header, possible files attached to the fax, the

date/time at which the fax will be sent, etc. have to be specified - see the windows shown in the following

figures (Fig. 7.7 - Fig. 7.10 ), each window corresponding to a separate step for sending a fax.

There is also the possibility of the manual reception of a fax, in the case of manual answer of an incoming call,

for example using the phone connected to the modem. If the specific fax tone (transmission fax tone) is heard

then from the File menu the Manual Receive option is selected. When the answering fax tone (reception fax tone)

is heard, the phone is hanged up and the fax equipment are allowed to communicate. Configuring the parameters

of the fax transmission and other parameters that characterize the process of automatic response/recording of

messages, speed dial, etc., can be done from the Configure menu. In the following figures are presented some of

the configuration operations.

In Fig. 11 shows the two configuration windows that can be opened from the ”Configure - Mailboxes” menu.

It is about configuring the way in which the received messages are received and reported (i.e. to an administrator

who remotely connects to the equipment) - the ”General” window. In the ”Greetings window of the same menu
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Figure 7.6: The main window of the FaxTalk Communicator application. The Inbox and Outbox windows.

Figure 7.7: Sending a fax with the FaxTalk Communicator tool. Step 1.
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Figure 7.8: Sending a fax with the FaxTalk Communicator tool. Step 2.

Figure 7.9: Sending a fax with the FaxTalk Communicator tool. Step 3.

Figure 7.10: Sending a fax with the FaxTalk Communicator tool. Step 4.
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Figure 7.11: The windows of the Configure - Mailboxes menu.

the greeting message generated by the telephone answering machine can be selected, this message can be listened

to and the action that the equipment executes after the greeting message can be specified: receive message,

receive fax or disconnect.

From the Configure - Program menu can be configured the way the FAX equipment works, more precisely:

• activation of the automatic answer and setup of the number of rings after which the message or the fax is

received; actions that are performed when a call is received (When phone rings) - see the General window

in Fig. 7.12.

• how to announce the reception of a message or fax (generating sounds, displaying a changing icon -

simulating a blinking LED), display of status information when sending or receiving a fax, automatic

printing of the received faxes - see the Announce window in Fig. 7.13.

• definition of the fax user identifier, fax number, logo, information included in the fax header, etc. - see

the User window in Fig. 7.14.

• setting of the fax transmission parameters: resolution (200 × 100 dpi or 200 × 200 dpi), page format,

error correction, data compression, number of retries if the fax sending operation fails, etc. - see the Fax

window in Fig. 7.15.

• configuration of modem parameters: modem type, transmission/reception speed, driver, flow control on

the modem - data terminal interface, initialization commands, sensitivity level of the signaling tones
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Figure 7.12: The General window of the Configure - Program menu.

Figure 7.13: The Announce window of the Configure - Program menu.

detector, etc. - see the Modem window in Fig. 7.16.

Note: the FaxTalk Communicator software tool works only under the Windows XP operating system. Under

the Windows 7 operating system cannot be activated all the features of the FaxTalk Communicator, e.g. sending

faxes, existing some problems with the Wayjet card drivers.

Tools for fax applications integrated into the Windows operating systems

Tools for fax applications integrated into the Windows XP operating system

Click on the Start button, and in the window that is open select Printers and Faxes or Start - Control Panel

and in the window that is open select Printers and Faxes. Following this action the window shown in Fig. 7.17

is open. Select the fax equipment to be configured, click on the respective icon and perform the configuration

steps.

Note: under the Windows XP operating system, the Wayjet fax modem configuration will be carried out

with the FaxTalk Communicator tool.

Tools for fax applications integrated into the Windows 7 operating system

Click on the Start button and select Devices and Printers or Start - Control Panel and in the pop-up window

select Devices and Printers and the window shown in Fig. 7.18 appears.
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Figure 7.14: The User window of the Configure - Program menu.

Figure 7.15: The Fax window of the Configure - Program menu.
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Figure 7.16: The Modem window of the Configure - Program menu.

Figure 7.17: The window for selecting the fax and printer equipment under the Windows XP operating system.
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Figure 7.18: The window for selecting the fax and printer equipment under the Windows 7 operating system.

Select the fax equipment that is configured and click on the corresponding icon. Following this action, the

main configuration window of the selected fax machine opens - see Fig. 7.19. In the Inbox, also visible in Fig.

7.19, all received faxes are stored together with other information such as the date of reception of the fax, the

size in kB, the number of pages, the identifier of the user who sent the fax, etc.

From the File menu you can select the operation that will be performed with the fax equipment, i.e. send

a fax, scan a document in a file or scan a document and send it immediately by fax - see Fig. 7.20 (partially

can be seen the Inbox window in this figure). If the Fax option is selected, a window appears (see Fig. 7.21)

that allows the generation of a fax message or the initiation of the fax transmission operation. In this window

can be set the degree of urgency of the fax, the telephone number of the recipient, the subject, notes in the

cover page, the text of the fax, etc. Pressing the Send button initiates the recipient’s call process and then the

sending of the fax. In Fig. 7.21 also can be seen the Sent Items window, which includes all the faxes that have

been sent successfully.

The configuration/setting of some parameters/information related to the fax transmission, respectively to

the fax user, can be done using the ”Tools” menu - see Fig. 7.22. By clicking Tools in the main window, a

menu with different options appears - see Fig. 7.22.

With the Sender Information option you can set information about the fax user, as shown in Fig. 7.23.

With the Fax Settings option, can be configured the fax equipment, as seen in the windows shown in Fig.

7.24 and Fig. 7.25. Can be selected the fax equipment, can be set the working mode (source/destination fax

or both), the answer mode (automatic/manual), the number of rings for the automatic answer, the number of

attempts if the fax transmission operation fails, the time intervals when the fax transmission is resumed, etc.

If the manual reception mode is set, then the reception of a fax and implicitly the generation of the reception

fax tone takes place when from the Tools menu (see Fig. 7.22) the Receive a Fax Now option is selected. Also

from the ”Tools” menu can be open a window for monitoring the fax transmission/reception process - the Fax

Status Monitor option - see Fig. 7.26. The monitoring window displays information about the fax call (when

calling, if called terminal answers, etc.), whether or not the fax transmission is successful, the order in which

the fax pages are sent, etc.

In Fig. 7.26 also can be seen the Outbox window, which contains the faxes that are sent (only temporarily

until they are sent), the faxes ready for subsequent transmission, and the faxes that could not be sent.
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Figure 7.19: The main configuration window of a fax machine.

Figure 7.20: The File menu of the main configuration window of a fax machine.

Figure 7.21: The procedure of sending a fax.
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Figure 7.22: The Tools menu of the main configuration window of a fax machine.

Figure 7.23: The Sender Information window of the Tools menu.

Figure 7.24: The General window of the Fax Settings menu.

Figure 7.25: The Advanced window of the Fax Settings menu.
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Figure 7.26: Fax transmission/reception monitoring window.

Figure 7.27: The main window of the HyperTerminal application and the Connection Description window.

The HyperTerminal application

This application is a software tool for emulating a data terminal that can make data connections through

communications ports (COM ports), dial-up modems and computer networks using the TCP/IP protocol.

The tool is integrated into the Windows XP operating system and older operating systems, but in newer

operating systems, such as Windows 7, it must be installed separately, not being integrated. The installation

basically consists in copying the hypertrm.exe and hypertrm.dll files to a separate directory, for example the

HyperTerminal directory on the Desktop. Starting the application, in this case, is done by starting the

hypertrm.exe application. In the case of the Windows XP operating system the HyperTerminal application

starts as follows: click on the Start button and select Accessories - Communications and from this menu select

HyperTerminal. After starting the application the window shown in Fig. 7.27 appears, and in this window is

required to be specified a name/descriptor for the connection to be made (serial port connection or using

TCP/IP sockets).

Specify an identifier (e.g. Test Modem) (see Fig. 7.27), then click OK and the window shown in Fig. 7.28

appears, window which requires to set a number of parameters such as: region, telephone area code, telephone

number of the modem to be called and the modem or COM port or TCP/IP communication socket used for

set up of the connection. Can be seen the connection status at the bottom left part of the window, which is

currently Disconnected. Also can be seen the phone icon (located next to the Folder icon) that represents a

phone in the ON HOOK state.
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Figure 7.28: The Connect To window of the HyperTerminal application.

Figure 7.29: Connection parameter configuration windows - General option.

Note: the settings related to the country and the country prefix are not important in the test considered

and any values can be specified in these fields.

Click on the OK button (in Fig. 7.28) and the Connect window appears, which includes the Dial button,

which starts the call, and the Modify button, which allows to set the connection parameters - see Fig. 7.29.

If you click on the Modify button, the Properties - Connect To window appears, window in which can be set

again the communication port used from the drop down list in the Connect Using option. It can be set again

the area, the area code and the telephone number to be called. If you click Configure button, the connection

configuration windows appear. The General window allows you to specify some parameters regarding the call

(how to call, when to disconnect, etc.), respectively the parameters that characterize the data connection (COM

port bit rate, error correction and data compression on the modem connection, flow control on the COM port)

- see Fig. 7.29. In the Advanced window can be set the parameters of the Start-Stop transmission that takes

place on the UART interface, respectively the way of displaying the terminal configuration window before and

after the call - see Fig. 7.30.

In the Properties - Settings window select ASCII Setup, and in the window that appears select the options:

”Send line ends with line feeds” and ”Echo typed characters locally”, to generate echo in the text type command

window, that is, the commands sent to the modem are displayed on the screen - see Fig. 7.31.

Note: it is not always necessary to select the options mentioned above to generate the echo at the terminal,

especially under the Windows 7 operating system. If the echo is automatically generated and the options
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Figure 7.30: Connection parameter configuration windows - Advanced option.

Figure 7.31: The ASCII Setup window of the HyperTerminal application.

mentioned are selected, then the typed characters are displayed twicw. So, it must be checked whether it is

necessary to activate the options under discussion.

Note: the Properties configuration window can also be open from the File menu where the Properties option

is selected.

After completing the configuration operations commands can be sent to dial-up modem. After the first

command, e.g. command ”at”, the modem connects to the line (goes in the OFF HOOK state) and the

communication between the modem and the computer begins on the UART interface - see Fig. 7.32. On the

bottom left of the main window can be seen the Connected status and the time since switching to this state.

The phone icon under the menu at the top also shows the transition in the OFF HOOK state. At the bottom

of the window can be seen the parameters of the Start-Stop communication on the UART interface.
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Figure 7.32: Generating text commands in the main window of the HyperTerminal application.

7.8 Application

1. The SF-360 fax machine is considered. It is connected to a BPX exchange and an analog telephone is

connected to the fax machine. The following operations are performed:

(a) The following basic equipment settings are performed:

• the working mode is set, the time and date are set.

• set the ring signal level and the receiver level.

• the sound level associated with the keys is set.

• the resolution and the gray level are set.

• set the number of ring signals after which the call is answered.

• one/two numbers are stored in the phone book.

• test the speed dialing mode.

• test how the scanner and printer work (use the Start Copy button).

• check how to change the printer toner.

(b) The fax equipment is set by turn in the TEL, FAX, AUTO and TAM modes. A call is generated

to the fax equipment from a telephone and the operation is tested in each of the selected working

modes.

(c) A fax transmission from the SF-360 to another fax equipment is performed. The phases of

transmission and the associated signaling are identified.

(d) A fax transmission from another equipment to the SF-360 (FAX or AUTO working mode) is

performed. The phases of transmission and the associated signaling are identified.

2. Connect the Wayjet fax modem card to the telephone line, connect an analog telephone to the modem,

respectively connect the microphone and speaker to the audio jack inputs. The FaxTalk Communicator

application is started. The following operations are performed:

(a) A telephone call is made between the fax modem board and another telephone terminal connected to

a PBX exchange. The functionality of the keys on the FaxTalk Communicator interface is checked

(Fig. 7.6).

(b) Configure the telephone answering machine (follow the steps presented in Fig. 7.11 - Fig. 7.13) and

test this functioning mode. Listen to the greeting messages and make two - three telephone calls to

the fax modem and record the telephone messages. Monitor the automatic answer mode and the

contents of the Inbox and listen to the stored messages.
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(c) The parameters of the fax user as well as those of the fax modem are configured (follow the steps

shown in Fig. 7.14 - Fig. 7.16).

(d) Two - three fax transmissions with other fax terminals connected to the PBX are performed. The

operations described in Fig. 7.7 - Fig. 7.10 for generating and sending a fax message are performed.

Fax reception is performed automatically. The fax tones generated by the transmitting and receiving

equipment are listened to. To visualize the fax tones, an oscilloscope will be connected to the

telephone line, in parallel with the fax equipment.

(e) Deactivate the automatic answer mode and send/receive faxes manually.

3. On computers running Windows 7 operating system, two - three fax transmissions using the Wayjet fax

modem card, controlled by the tools integrated into this operating system, are performed. More precisely,

the following steps are performed:

(a) The parameters of the fax user as well as those of the fax modem are configured (see the steps shown

in Fig. 7.18 - Fig. 7.19 and Fig. 7.22 - Fig. 7.25).

(b) Two - three fax transmissions with other fax terminals connected to the PBX are performed. The

operations described in Fig. 7.21 for generating and sending a fax message are performed. Fax

reception is performed in the automatic answer mode. The fax tones generated by the transmitting

and receiving equipment are listened to. To visualize the fax tones, an oscilloscope will be connected

to the telephone line, in parallel with the fax equipment. The status of the fax sending/receiving

operation is tracked in the monitoring window shown in Fig. 7.26.

(c) Deactivate the automatic answer and send/receive faxes manually.

4. Set the SF-360 fax equipment in TAM mode and interconnect with the Wayjet modem. Experiment the

telephone answering machine functionality in this configuration.

5. The HyperTerminal application is run and the connection configuration steps specified in this chapter

are followed (perform the steps presented in Fig. 7.27 - Fig. 7.31). After completing the configuration

steps, close the configuration windows (see the configuration windows shown in Fig. 7.27 - Fig. 7.31))

and return to the Connect window and click on the Cancel button - we do not want to make the call at

this time. From the main window give the AT command and check if the echo is activated and if the

modem is connected to the line. The signaling tones on the telephone line will be listened to in the speaker

connected to the audio jack interface of the modem.

6. Some of the basic AT commands are tested:

• connect/disconnects the modem to/from the line and listen to the signaling tones in the speaker.

• change (increase/decrease) the level of the speaker.

• change the tone/pulse dialing mode.

• make a call to a phone connected to the PBX.

• a call is made from a telephone to the modem and the automatic answer process is observed; the R0

register must be configured with the number of calls after the modem answers.

• read the values from various registers of the modem.

7. The data connection is established between two modems and the following operations are performed:

(a) Send some text sequences and then switch the modem from the data mode to the command mode

and execute some simple commands (read the registers, change the speaker level, etc.).

(b) Switch the modem back into the data mode and check entering this mode by sending some text

messages.
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(c) Transfer short files using the Xmodem, Ymodem and Zmodem protocols and the functioning of the

mentioned protocols is observed (the messages displayed by the modems are observed).

(d) One of the modems is disconnected from the line and observe the disconnect at the other end of the

connection (to disconnect the modem it must be switched in command mode).

8. Using the AT commands from the Wayjet dial-up modem user’s manual, the display of the transmission

information is configured on the UART port. A oscilloscope/spectral analyzer is connected in parallel

with the modem and the following operations are performed:

(a) The modem is configured (by turn) in the ITU-T standards: V.21, V.22, V.23, V.26, V.27, V.32,

V.34.

(b) For each selected standard, the data connection between two modems is realized and the transmitted

signals and the spectrum of the modulated signals are observed. The modulation used is identified

and the duplex transmission is observed.

(c) For each selected standard, the synchronization process between the modems is observed on the

oscilloscope (and listened to in the speaker).

7.9 Annex

Note: Tab. 7.1 [75] does not include all AT commands, the purpose being not a comprehensive presentation of

these commands; there are specific commands for voice modems (modems with telephone answering machine

functionality) and there are proprietary AT commands characteristic to certain types of dial-up modems. Specific

AT commands for the Wayjet dial-up modem with Intel 536EP chipset can be found in the modem’s user manual.

———————————————
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Table 7.1: Dial-up modems AT command set.
Command Function

AT Attention - this precedes all commands except A/ and +++
A/ Execute previous command - does not require a < CR >.
A Causes the modem to go off hook. If a call is coming in, the modem

will try to answer it. The procedure for answering a call is a
short silence and then an answer tone. Sending a character to the
modem during this procedure will abort the answer sequence. The
amount of time the modem will wait for a carrier is programmable
by modifying the S7 register.

B0 Select CCITT V.22 (1200 bps).
B1 Select Bell 212A (1200 bps).
B2 Select CCITT V23 - Originate mode will transmit data at 75 bps

and receive data at 1200 bps. Answer mode will transmit data at
1200 bps and receive data at 75 bps. The command N0 (disable
auto mode) must be selected.

D D alone will take the modem off-hook and wait for a dial tone.
(see X command for exceptions). The length of time to wait for
a dial tone before dialing is programmable in register S6.

Dmn ATDmn will dial a phone number where m is the modifier: L, W,
,, ;, @, or S. It will dial the telephone number n.

L Dial last number.
W Wait for dial tone. If you have selected X0 or X1 (disable dial

tone detection), then you can use this modifier to override that
setting.

, Pause during dial. The amount of time to pause is specified in
register S8.

; Return to command mode after dialing. It does not wait for carrier
or hang up.

@ Wait for 5 seconds of silence. This is used to access systems that
do not provide a dial tone.

! Hook flash. Causes the modem to go on-hook for 0.5 seconds. This
is used in PBX systems and for voice functions like call waiting.

S=(0-9) Dial a stored number. Up to ten numbers can be stored, and the
addresses are from 0 to 9. To store a number into one of these
addresses, use the &Z command

E0 Commands issued to the modem are not echoed to the local
terminal. This only matters in the command mode. It does not
affect the modem’s ability to send response codes.
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E1 Commands are echoed to the local terminal.
H0 Force modem on-hook (hang-up).
H1 Force modem off-hook (to answer or dial).
I0 Return numeric product code.
I1 Return hardware variation code.
I2 Report internal code.
I3 Report software revision number.
I4 Report product features listing.
L0 Speaker volume zero.
L1 Speaker volume low.
L2 Speaker volume medium.
L3 Speaker volume high (Hardware currently limits volume

adjustment to on/off).
M0 Speaker always off.
M1 Speaker on until carrier detected.
M2 Speaker always on.
M3 Speaker on only during answering.
N0 Disable auto-mode. This forces the modem to connect at the

speed specified in register S37.
N1 Enable auto-mode. The modem will answer at the highest

available line speed and ignore any ATBn command.
O0 Return to data mode. If it was entered the command mode using

the time independent escape sequence, this will switch the modem
back in data mode without going on-hook.

O1 Retrain the modem. If the line condition has changed since
the original connection, retraining the modem will cause it to
reconnect at the most efficient speed for the current line condition.

P Pulse dialing allows the modem to work on telephone networks
where DTMF is not supported. Pulse and tone dialing cannot be
mixed on the same command line.

Q0 Enable response to DTE.
Q1 Disable response to DTE. The modem does not respond to the

terminal. Issuing a command will not produce a response (unless
the command is something like ATZ, which will restore this setting
to default).

Sn Set default S-register. Any subsequent = or ? commands will
modify the default S register.

Sn=m Set register n to value m.
Sn? Return the value of register n.
T Tone dialing (DTMF)- Pulse and tone dialing cannot be mixed on

the same command line.
V0 Result codes will be sent in numeric form. (See the result code

table).
V1 Result codes will be sent in working form. (See the result code

table).
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W0 Report DTE speed only. After connection, there will be no
message about what Error Correction or Data Compression
protocol is in use.

W1 Report DCE speed, Error Correction/Data Compression protocol,
and DTE speed.

W2 Report DCE speed only.
X0 Send OK, CONNECT, RING, NO CARRIER, ERROR and NO

ANSWER. Busy and dial tone detection are disabled.
X1 Send X0 messages and CONNECT speed.
X2 Send X1 messages and NO DIAL TONE.
X3 Send X2 messages and BUSY and RING BACK. Dial tone

detection is disabled.
X4 Send all responses.
Y0 Disable long space disconnect.
Y1 Enable long space disconnect; with error correction, hang up after

sending 1.6 second long space; without error correction, hang up
after 4 second long space.

Z0 Reset modem to profile 0.
Z1 Reset modem to profile 1.
+++ This is the default escape sequence. Switches the modem from

data mode to command mode. Must be preceded by at least 1
second of no characters and followed by 1 second of no characters.
O0 (ATO0 or ATO) returns the modem to data mode.

=n Sets the value of the default S register.
& Ampersand commands.
&C0 Force data carrier detect (DCD) on.
&C1 DCD follows remote carrier.
&D0 DTR is assumed on.
&D1 DTR drop causes modem to go back to command mode without

disconnecting.
&D2 DTR drop causes modem to hang up.
&D3 DTR drop causes modem to initialize; &Y determines which

profile is loaded.
&F Load factory profile.
&K0 Disable flow control.
&K3 Enable RTS/CTS flow control.
&K4 Enable XON/XOFF flow control.
&K5 Enable transparent software flow control.
&K6 Enable both RTS/CTS and XON/XOFF flow control.
&P0 Selects 33%-67% make/break ratio at 10 pulses per second.
&P1 Selects 33%-67% make/break ratio at 20 pulses per second.
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&P2 Selects 39%-61% make/break ratio at 10 pulses per second.
&P3 Selects 39%-61% make/break ratio at 20 pulses per second.
&S0 Force DSR on.
&S1 DSR on at the start of handshaking and off after carrier loss.
&T0 Terminate test.
&V0 Display active profile.
&V1 Display stored profiles.
&V2 Display stored telephone numbers.
&W0 Save active profile to profile 0.
&W1 Save active profile to profile 1.
&Y0 Use profile 0 on power-up.
&Y1 Use profile 1 on power-up.
&Zn=m Save telephone number (up to 36 digits) into memory location n

(0-9).
% Percent commands.
%A Default is set to each country encoding law. For example, for USA

%A is 0, for Germany %A is 1.
%A0 Mu-law encoding.
%A1 A-law encoding.
%C0 Disable data compression.
%C1 Enable MNP5 compression.
%C2 Enable V.42bis compression.
%C3 Enable both V.42bis and MNP5.
%E0 Disable auto-retrain.
%E1 Enable auto-retrain.
%E2 Enable auto-retrain and fallback to smaller rates.
%E3 Enable auto-retrain and fast hang up.
%L Report received signal level in -dBm.
%N0 Dynamic CPU loading disabled.
%N1 Dynamic CPU loading not to exceed 10%.
%N2 Dynamic CPU loading not to exceed 20%.
%N3 Dynamic CPU loading not to exceed 30%.
%N4 Dynamic CPU loading not to exceed 40%.
%N5 Dynamic CPU loading not to exceed 50%.
%N6 Dynamic CPU loading not to exceed 60%.
%N7 Dynamic CPU loading not to exceed 70%.
%N8 Dynamic CPU loading not to exceed 80%.
%N9 Dynamic CPU loading not to exceed 90%.
%Q Report line signal quality.
\ Backslash commands.
\A0 64-character max. MNP block size.
\A1 128-character max. MNP block size.
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\A2 192-character max. MNP block size.
\A3 256-character max. MNP block size.
\Bn In non-error correction mode, transmit break in 100ms units (1-9

with default 3).
\G0 Disable XON/XOFF flow control (modem to modem).
\G1 Enable XON/XOFF flow control (modem to modem).
\Kn Define break type.
\L0 Use stream mode for MNP.
\L1 Use interactive block mode for MNP.
\N0 Normal mode; speed control without error correction.
\N1 Plain mode; no speed control and no error correction.
\N2 Reliable mode.
\N3 Auto-reliable mode.
\N4 LAPM error correction only.
\N5 MNP error correction only.
* Asterisk commands.
*Q0 Send the ”CONNECT xxxx” result codes to the DTE when an

invalid TIES escape sequence is detected after the ”OK” response
has already been sent.

*Q1 Does NOT send the ”CONNECT xxxx” result codes to the DTE
when an invalid TIES escape sequence is detected after the ”OK”
response has already been sent.

Reg. S S Registers.
Reg. 0 Rings to auto-answer. Sets the number of rings required before

the modem answers. 0 setting disable auto-answer. Range is 0-255
rings. Default is 0 for auto-answer disabled.

Reg. 1 Ring counter. Counts the number of rings before the modem
answers. Range is 0-255 rings. Default is 0.

Reg. 2 Escape character. Defines the character used for the three-
character escape code sequence. 0 setting disables the escape code
character. Range is 0-127. Default is 43 (+).

Reg. 3 Carriage return character. Defines the character for carriage
return. Range is 0-127. Default is 13 (carriage return).

Reg. 4 Line feed character. Defines the character for the line feed. Range
is 0-127. Default is 10 (line feed).

Reg. 5 Backspace character. Defines the character for the backspace.
Range is 0-127. Default is 8 (backspace).

Reg. 6 Wait before dialing. Sets the length of time to pause after off-hook
before dial. Range is 2-255 seconds. Default is 2 seconds.
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Reg. 7 Wait for carrier after dialing. Sets the length of time that the
modem waits for a carrier from the remote modem before hanging
up. Range is 1-255 seconds. Default is 50 seconds.

Reg. 8 Pause time for dial delay. Sets the length of time to pause for
the pause dial modifier ”,”. Range is 0-255 seconds. Default is 2
seconds.

Reg. 9 Carrier detect response time. Defines the length of time a signal
is detected and qualified as a carrier. Range is 1-255 tenths of a
second. Default is 6 (0.6 seconds).

Reg. 10 Lost carrier hang up delay. Sets the length of time the modem
waits before hanging up for a carrier loss. Range is 1-255 tenths
of a seconds. Default is 14 (1.4 seconds).

Reg. 11 DTMF speed control. Sets the length of tone and the time
between tones for the tone dialing. Range is 50-255 milliseconds.
Default is 95 milliseconds.

Reg. 12 Escape Prompt Delay (EPD) timer. Sets the time from detection
of the last character of the three character escape sequence until
the ”OK” is returned to the DTE. Range is 0-255 fiftieths of a
second. Default is 50 (1 second).

Reg.
13-17

Reserved.

Reg. 18 Test timer. Sets the length of loopback test. Range is 0-255
seconds. Default is 0 (disable timer).

Reg.
19-24

Reserved.

Reg. 25 Delay to DTR. Sets the length of time the modem ignores DTR
before hanging up. Range is 0-255 hundredths of a seconds.
Default is 5 (0.05 seconds).

Reg.
26-28

Reserved.

Reg. 30 Disconnect inactivity timer. Sets the length of time allowed for
inactivity before the connection is hung up. Range is 0-255 in
minutes. Default is 0 (disabled).

Reg. 32 XON character. Sets the value of XON character. Range is 0-255.
Default is 17.

Reg. 33 XOFF character. Sets the value of XOFF character. Range is
0-255. Default is 19.

Reg. 34 56k data rate (bit-rate). Sets the maximum bit rate for 56k
modem. Range is 0-32. Bit rate = 32000bps + S34*2000bps.
V.34 data rate (bit-rate). Sets the maximum bit rate for V.34
modem. Range is 0-8 (2400 baud), 1-10 (3000 baud), 1-11 (3200
baud), 1-13 (3429 baud). Bit rate = ((S34)+1)*2400bps. Default
is 13 (33600 bps)
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Reg. 36 Reserved.
Reg. 37 Line connection speed. 0-Attempt to connect at the highest speed.

3-Attempt to connect at 300 bps. 4-Attempt to connect at 1200
bps. 6-Attempt to connect at 2400 bps. 7-Attempt to connect
at 4800 bps. 8-Attempt to connect at 7200 bps. 9-Attempt to
connect at 9600 bps. 10-Attempt to connect at 12000 bps. 11-
Attempt to connect at 14400 bps. 12-Attempt to connect at V.34.
13-Attempt to connect at 56K, Default is 0.

Reg. 38 Delay before forced hang up. Sets the delay to hang up after
the disconnecting command is received. Range is 0-255 seconds.
Default is 20 seconds.

Reg.
39-48

Reserved.

Reg. 82 Reserved.
Reg. 86 Call failure reason code. 0-Normal disconnect (no error), 4-Loss

of carrier, 5-V.42 negotiation failed to detect an error correction
modem at remote end, 6-No response to complete negotiation,
9-No common protocol, 12-Remote modem initiated a normal
disconnect, 13-Remote modem did not respond after 10 message
retransmissions, 14-Protocol violation, 15-Compression failure,
20-Hang up by inactivity time out.

Reg. 91 Transmit level. Set the transmit level in -dBm. Range is 9-15
(-dBm). Default is 11 (-11 dBm)
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Chapter 8

Digital ADSL access techniques on the

subscriber loop

8.1 Introduction

This chapter proposes the study of the following aspects related to ADSL (Asymmetric Digital Subscriber Line)

access techniques:

• basic theoretical aspects and principles of ADSL transmissions.

• basic theoretical aspects regarding the ADSL protocol stack.

• the architecture of the ADSL digital access network and the entities of this network.

• interfacing and interconnecting the entities in the ADSL access network.

• configuration of some basic parameters of ADSL equipment.

The chapter focuses in particular on the practical aspects related to connection in the telephone network of

the ADSL equipment, both at the user side (ADSL modem) and at the exchange side (DSLAM - DSL Access

Multiplexer), and on the basic configuration of these equipment. The aims are to understand the architecture

of an ADSL access network, to explain the configuration of DSL equipment for users access to the Internet, and

to identify and analyze the parameters that characterize the ADSL digital connection.

8.2 Theoretical notions

XDSL Access Techniques. Characteristics and allocation of frequency bands

XDSL digital access techniques refer to technologies and equipment used in the telephone access network to

ensure the connection on twisted copper wires to a high speed digital network. It represents the cheapest solution

for accessing digital communications services [76] [77]. The access network comprises both the transmission lines

and the equipment located between the subscriber’s terminal equipment (the subscriber’s premises) and the

access node in the network. Depending on the services offered, the network access node can be a telephone

exchange, a cable TV terminal (CATV headend), a data server, etc. In telecommunication networks with

integration of the services (ISDN networks) the terminals can be telephones, videophones, personal computers,

TVs or various control systems of some equipment located at the subscriber’s premises. The broadband services

at the subscriber level can be: video telephony, trading, video conferencing, distance learning or telesupervision,

video on demand, work at home, teleshopping or telemedicine. There are two basic categories of xDSL access

techniques, namely [76] [77]:

135
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Figure 8.1: Frequency band allocations characteristic to ADSL, ADSL2 and ADSL2+ standards.

• SDSL - Symmetric DSL. This technique ensures the same transfer rate in both directions of transmission:

– upstream (US): subscriber - central equipment.

– downstream (DS): central equipment - subscriber.

Due to the attenuation and crosstalk these systems can only work at medium frequencies. SDSL is ideal

for connecting to the transport network of local networks (LAN - Local Area Network), bidirectional video

terminals or web servers.

• ADSL - ”Asymmetric DSL”. This technique provides in the downstream a broadband channel, located at

high frequencies, and in the upstream a narrower-band channel located at low frequencies.

The allocation of ADSL frequency bands has two reasons: the amount of information transmitted in

downstream is usually higher in the case of typical subscribers (domestic subscribers, small offices, etc.) and

in addition it reduces the NEXT, which is higher at high frequencies. ADSL can provide rates between 8 and

16 Mbps in downstream (depending on the configuration of the transport channels implemented over the

physical ADSL layer) and up to 1Mbps in upstream [50].

The ADSL technique was initially developed (in the late 1980s) for video on demand transmissions on twisted

wires. With the development of the Internet the ADSL technology was (and it is) used as a user access technique

to the Internet.

The ADSL technique uses a single pair of twisted wires and allows the coexistence with the data transmission

of the standard telephone service (POTS) or the ISDN digital access service [50].

ADSL2 and ADSL2+ techniques (an extension of the ADSL2 standard) are asymmetrical access techniques

that bring a series of improvements to the ADSL standard [78]. The ADSL2+ technique ensures downstream

rates between 24 and 32Mbps and upstream rates between 1 and 4Mbps.

The frequency band allocation of ADSL, ADSL2 and ADSL2+ standards is shown in Fig. 8.1. The

ADSL/ADSL2 downstream band extends up to 1.1MHz, and ADSL2+ extends the downstream band up to

2.2MHz. The two downstream sub-bands, i.e. 0.138MHz - 1.1MHz and 1.1MHz - 2.2MHz, can be allocated

together or separately, either of them. ADSL standards include several annexes with specifications for specific

situations. Appendix A refers to the situation where the standard telephone service is provided on the

subscriber loop, and Annex B to the situation where the basic ISDN service (ISDN BA - Basic Access) is

provided on the subscriber loop. These annexes are characteristic for all ADSL standards. The other annexes

are characteristic only for ADSL2+ standards and are the following:

• Annex I describes the full digital mode, where no other services are available on the subscriber loop and

the POTS or ISDN spectrum is allocated to the ADSL upstream band.
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Figure 8.2: Changing the VDSL2 working mode depending on the length of the subscriber loop.

• Annex J describes the fully digital working mode with upstream bandwidth extension, i.e. the upstream

band doubled.

• Annex L describes a working mode which provides extended coverage (longer cables) in the situation where

the POTS service is offered. The coverage extension leads to a reduction of the bandwidth allocated for

downstream, due to the poor quality of the channel on long twisted wires at high frequencies.

• Annex M describes the working mode with upstream bandwidth extension and POTS service on the

subscriber loop.

The ADSL2/ADSL2+ standards additionally bring a number of other supplementary features, such as:

power management, continuous rate adaptation, fully digital mode, sub-channel definition for various services,

crosstalk reduction techniques, impulse noise protection, use of several twisted pairs (Bonded ADSL) [78].

VDSL (Very high bit rate Digital Subscriber Line) is an xDSL technique that allows both asymmetrical and

symmetrical operation mode. The coverage area extends from tens of meters to hundreds of meters. In the

asymmetrical mode it allows downstream transfer rates up to 50Mbps and upstream rates up to 6Mbps. In

symmetrical working mode the VDSL technique allows (symmetrical) transfer rates up to 34Mbps. The VDSL

technique works on a single twisted pair and allows the analog telephone service. The maximum bandwidth is

12MHz [4].

The VDSL2 standard brings a number of improvements such as higher throughput, better adaptation to the

channel characteristic, adaptive working mode (if the cable length increases, it switches to VDSL or ADSL2

working mode, see Fig. 8.2), better control of interference (crosstalk), fully digital working mode, impulse

noise protection, power management, use of multiple twisted pairs, etc. The VDSL2 technique can provide

downstream speeds of up to 250Mbps. The maximum bandwidth is 30MHz [79].

ADSL duplexing methods and line connection of equipment

In the case of ADSL transmissions, there are two methods for separation of the upstream and downstream

transmission directions, namely: separation by frequency division and separation by echo compensation [4], the

two situations being presented in Fig. 8.3 and Fig. 8.4. The figures also show the filtering functions that are

used on the ATU-C (ADSL Transceiver Unit-Central) equipment, that is the ADSL access multiplexer, and the

ATU-R (ADSL Transceiver Unit-Remote), that is the ADSL modem, as well as the spectral distribution of the

signals transmitted/received by the two equipment mentioned above.

The separation of the transmission directions by frequency division is more inefficient, being allocated

separated frequency bands for upstream and downstream, but it ensures a better separation of the two

transmission directions. The separation of the transmission directions by the echo compensation technique
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Figure 8.3: Separation of the upstream and downstream transmission directions by frequency division. Filtering
functions and power spectral distributions.
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Figure 8.4: Separation of the upstream and downstream transmission directions by the echo compensation
technique. Filtering functions and power spectral distributions.

ensures a more efficient use of the frequency band, more precisely the downstream band and implicitly the

downstream rate, will be greater, but the separation of the upstream and downstream transmission is weaker,

especially under crosstalk and limited dynamic range conditions of the echo compensator.

The overlap of digital (DS and US) signals and telephone (or ISDN) signals on the subscriber loop requires

the use of an ADSL splitter [4] [50]. The effective way of connecting the ADSL equipment and the telephone

equipment to the twisted pair of wires, when using the ADSL splitter, is illustrated in Fig. 8.5, and the internal

schematic of an ADSL splitter is shown in Fig. 8.6.

The ADSL splitter includes a two way low pass filter (LPF) with a cutoff frequency of approximately 4kHz

and may include optional capacitors (C ≈ 20− 30nF ) that block the DC voltage on the subscriber loop to the

ADSL modem. The LPF in the splitter separates the voice band in which the classic telephony works, and

the high pass filter (HPF), included in the ADSL modem, separates the frequency band in which the ADSL

transmission is performed. If the ADSL splitter is not used, the telephone band separation LPF is missing,

which results in a decrease of the ADSL transmission performance for two reasons:

• impedance matching issues may occur between the ADSL modem and the telephone line, the LPF also

having the role of separating the input impedance of the telephone devices from the telephone line (the

impedance of the telephone devices is not the same during the idle, talk and dialing period).
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Figure 8.5: Connection to the subscriber loop of ADSL equipment and telephone equipment when using the
ADSL splitter.
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Figure 8.6: Internal schematic of an ADSL splitter.
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• telephone equipment can generate frequency components (harmonics) that fall outside the telephone band

and are located in the ADSL frequency band. These components are mainly generated by the call signals

(ring signal, disc pulses). This explains the lower rates provided by the G.Lite ADSL access technique, a

technique that does not use ADSL splitter.

Distortions affecting the ADSL transmission. The modulation technique used

ADSL transmissions on the subscriber loop are affected by the following distortions [4] [18]:

• nonuniform attenuation - frequency function of the twisted wires. The distortion is more pronounced at

large lengths of the subscriber loop (of the order of km).

• impedance mismatches generated by the use in the subscriber loop of cable sections with different diameters

and by unterminated bridge taps, i.e unused twisted pairs. These bridge taps must be removed from the

subscriber loops on which ADSL transmissions are used. The reflected signals generated by the impedance

mismatches can create spectral zeros in the ADSL frequency band that are difficult to equalize.

• noise (white noise, shot noise, impulse noise) and electromagnetic interference from the environment.

• nonlinear distortions generated by the amplifiers in the ADSL modems as well as by the amplifiers on the

transmission line.

• crosstalk between the pairs of the same cable.

Crosstalk has two components, namely, Near End Crosstalk - NEXT, which occurs at the close ends of the

pairs, and Far End Crosstalk - FEXT, which appears at the far ends of the pairs (see Fig. 8.7) [1]. Due to

the allocation of the upstream and downstream bands the NEXT has a smaller effect (the attenuation of the

crosstalk is high at low frequencies) or has no effect if duplexing is realized by frequency division. FEXT is a

noise component that dependents on the transmitted signal with great importance on the performance of digital

transmissions on the subscriber loop [80].
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Figure 8.8: Downstream ADSL, ADSL2 and ADSL2+ bit rates function of the length of the subscriber loop in
white noise conditions.

Figure 8.9: Downstream ADSL, ADSL2 and ADSL2+ bit rates function of the length of the subscriber loop in
crosstalk conditions.

In Fig. 8.8 and Fig. 8.9 are presented the performance of some ADSL, ADSL2 and ADSL2+ transmissions,

more precisely the maximum downstream bit rate depending on the length of the subscriber loop, in the condition

of white noise on the channel (without crosstalk) and in the condition in which the transmission is affected by

crosstalk generated by other identical digital transmissions (self crosstalk) on 12 neighboring pairs of the cable.

The cable used has a diameter of 0.4mm (26awg - American Wire Gauge), typical for subscriber loops, and the

spectral density of white noise is -140dBm/Hz, a typical value for cable transmissions. The figures clearly show

the significant effect of the crosstalk on the high speed ADSL transmissions (ADSL2/ADSL2+ transmissions),

as well as the effect of the subscriber loop length on these transmissions.

Ensuring high bit rates under severe attenuation distortions, impulse noise and interference (crosstalk and

external interference) requires more ”special” modulation techniques that can cope with the aforementioned

distortions. The modulation technique used by ADSL transmissions is DMT (Discrete Multitone), a

multicarrier modulation technique [4] [18]. The basic principle, presented in Fig. 8.10, is to separate the data

stream into a number of N substreams, each being transmitted on a separate carrier (subcarrier or tone) on a

separate subchannel. The transmission on each subcarrier is independent of the other transmissions and the

QAM modulation constellation on each subcarrier is chosen according to the subchannel characteristic and the

noise/interference level in the subchannel.

The separation of the subcarriers is done under orthogonality conditions and not by filtering, which allows

adjacent subchannels without the need for separation guard bands. If fs is the bandwidth of a subchannel,

then the complex subcarriers are ejkωst , where k is the index of the subchannel. The orthogonality condition

imposed on subcarriers is as follows: 1
Ts

∫ Ts

0
ejmωst · ejnωstdt =

{
0 if m 6= n

1 if m = n
. The symbol frequency of DMT

modulation is also fs. The digital sequence applied to a subcarrier is not filtered, as a rule, and the filters with

impulse response g(t) in Fig. 8.10 may be missing. The value of fs is 4.3125kHz for ADSL transmissions.

In the case of an ADSL transmission, 255 subcarriers are defined, and in the case of an ADSL2+ transmission,

511 subcarriers are defined. Not all subcarriers are allocated, due to the bandwidth reserved for the telephone

transmission and the guard bands between the telephone band and the ADSL band, respectively between the

upstream and the downstream bands (if we have frequency division duplexing). One group of subcarriers is



D
RA
FT

141

 

 

g(t)
 

 

g(t)
 

 

g(t)
 

  

 

 
 


 

tf2j 1e


 

X1  

 

 

 

 

X2  

 

 

tf2j 2e


 

tf2j Ne
  

Q 

I  

Xi  
 

 

 

  

 

 
 

 
 

 

n
N

1
2j

e


 

X1  

 

 

 

 

X2  

 

 

n
N

2
2j

e


 

n
N

N
2j

e


 

Digital 
implementation 

XN XN

Figure 8.10: The principle of DMT modulation.
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Figure 8.11: Allocation of frequencies and tones for ADSL transmissions using DMT modulation and frequency
division for separation of transmission directions.

allocated for upstream and another group for downstream. The two groups are not disjoint in the case of

duplexing by echo compensation technique. Fig. 8.11 shows the allocation of subcarriers in the case of ADSL

transmissions with frequency division duplexing.

8.2.1 ADSL transmission’s protocol stack

The ADSL transmission’s protocol stack [50] [81] [82] is shown in Fig. 8.12. The routing in the Internet network

is performed by the Internet Protocol (IP Protocol) using IPv4 or IPv6 addresses. Most xDSL devices work

with IPv4 addresses.

In the second layer of the OSI (Open Systems Interconnection) protocol stack, that is, the Data Link layer

we can have STM (Synchronous Transfer Mode) or ATM (Asynchronous Transfer Mode) protocols depending

on the type of data stream being transmitted at this level, namely STM or ATM flows. Most xDSL equipment

transmit ATM flows.

ATM protocols

The ATM protocols provide addressing of the nodes in the operator’s core network (which uses such technology),

multiplexing of the data flows and managing the resources in the core network to ensure the QoS (Quality of

Service) requirements for different services [83] [84]. The transmissions made in the ATM network as well as the

addressing (that is, identifying the connections/channels) are based on the concepts of Virtual Path (VP) and

Virtual Channel (VC). The virtual path may include multiple virtual channels established between two nodes.
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Figure 8.12: The ADSL protocol stack.
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Figure 8.13: Virtual paths and virtual channels established in an ATM network.

The concepts of VP and VC as well as the interconnection of these paths and channels are illustrated in Fig.

8.13.

The ATM transmission is based on its own frame structure, called ATM cell, small size frame, of only 53

bytes, of which the first 5 bytes represent the header of the ATM cell. The header contains the VP and VC

numbers, the data type (payload), the flow control class, the cell priority, and an 8-bit Cyclic Redundancy

Check (CRC) for header error control (header only) [83]. The stack of ATM protocols, i.e. the sublayers of the

data link layer characteristic for ATM transmissions, is shown in Fig. 8.14 [84].

The ATM layer controls the flow of cells, establishes and interrupts virtual circuits and paths. The ATM

adaptation layer ensures the identification and classification of data flows arriving from the upper layers

(Convergence Substrate) and sets the parameters of the ATM transmission according to the QoS requirements

of the services that generate the flows in question. The segmentation/reassembly substrate ensures the

division of the packets of data of larger length, coming from the upper layers, in the ATM cells, respectively

the reassembly of these packets at the remote end of the connection.

As shown in Fig. 8.14 ATM protocols classify services into four classes, namely: constant bit rate services,

variable bit rate real time audio/video services, and connection oriented or connectionless data services. The

different classes of services are characterized by the parameters of the ATM cells such as:

• the maximum cell rate (Peak Cell Rate - PCR) - is defined for services with constant rate.

• the Sustainable Cell Rate (SCR) - is defined for burst rate services.

• the Maximum Burst Size (MBS) - is defined for burst rate services.

• the Minimum Cell Rate (MCR) - is defined for services with guaranteed rate.

• the burst tolerance (Burst Tolerance - BT) - is defined for burst rate services.
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Figure 8.14: The ATM protocol stack.

• tolerance to cell jitter (Cell Delay Variation Tolerance - CDVT) - is defined for burst rate services.

Regarding the multiplexing of data flows generated by different applications running in parallel we have two

possibilities:

• LLC multiplexing - the flows generated by different applications are transmitted on the same virtual

channel.

• VC multiplexing - each application uses a separate virtual channel (VC), channels that are then multiplexed

on the virtual paths (VP).

ADSL access network architecture

The architecture of the ADSL access network is shown in Fig. 8.15. Besides the ”classic” elements, i.e. ADSL

modem, splitter, subscriber loop, etc. can be noticed the existence of several distinct networks, namely LANs

(Local Area Network), on the user side, and a WAN (Wide Area Network).

The user can connect to the ADSL modem several data terminals (personal computers, mobile terminals,

etc.) through an Ethernet switch or a WiFi access point. Some ADSL modems have integrated Ethernet switch

and/or WiFi access point. ADSL modems also integrate an IP router, as does the DSL access multiplexer. The

router in the ADSL modem has one or more LAN interfaces and a WAN interface. This router ensures the

routing of the IP packets received on the LAN interface/interfaces through the WAN network to the DSLAM

router. The control of the users access to the Internet is usually ensured by a dedicated server and a Point-to-

Point Protocol (PPP) [82] [85]. With the help of this protocol the users authentications are performed and the

IP address of the WAN routers of the ADSL modems are assigned.

The DSLAM module has a built-in splitter for each DSL port. The connection of the DSLAM module to a

transport network is usually done on an Ethernet interface.

8.3 ADSL equipment

8.3.1 ADSL modems and ADSL splitters

Thompson SpeedTouch 516 (ST516) modem

It is an ADSL/ADSL2+ modem with built-in IP router and Ethernet network interface [86]. The front of the

modem, where several indicator LEDs are placed, is shown in Fig. 8.16, and the back, where the LAN/WAN

network sockets, the power button, etc. are placed, is shown in Fig.8.17.

There are 4 LEDs on the front of the modem. The Power LED shows that the modem is turned on when

it is green. During the initialization of the modem, after power on, the Power LED is red. The Ethernet
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Figure 8.15: The architecture of the ADSL access network.
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LED shows that the modem is connected to an Ethernet network card of a data terminal and that the data

connection between the modem and the computer is established. During the initialization of this connection, i.e.

the transmission rate is established (10Mbps or 100Mbps) and the IP address of the data terminal interface is

assigned by the modem, this LED blinks. The DSL LED indicates that the data connection between the modem

and the DSLAM equipment is established, i.e. the modem and DSLAM are synchronized and the physical DSL

connection as well as the ATM data channels are established. During the modem and DSLAM synchronization

process the LED blinks. In the initial phase of the synchronization process it blinks more slowly, and in the final

phase it blinks faster, and after the synchronization is achieved, it lights continuously. The Internet LED lights

up if Internet access is possible, i.e. the modem authentication on the network, respectively the assignment the

WAN IP address to the modem router have been successfully completed.

On the back the ST516 modem has a RJ11 socket for the telephone line, an RJ45 Ethernet socket for

connecting the data terminal, a jack socket for connecting the external power supply, the power button,

respectively the reset button, which must be held down for a few seconds to reset the modem. Connecting

multiple data terminals to the ADSL modem requires the use of an external Ethernet switch.

ZyXEL P-660-T1 modem

It is also an ADSL/ADSL2+ modem with built-in IP router and Ethernet network interface [87]. The front of

the modem, where several indicator LEDs are placed, is shown in Fig. 8.18, and the back, where the LAN/WAN

network sockets, the power button, etc. are placed, is shown in Fig. 8.19. The modem has 5 indicator LEDs

namely: Power LED, lights when the modem is powered, Ethernet LED, lights when the modem - data terminal

(computer) connection is established, DSL LEDs, lights when the modem - DSLAM connection is established

and the two equipment are synchronized. During synchronization, the DSL LED blinks, slower in the first

phase and then faster in the second phase of the synchronization. The Internet LED lights when the Internet

connection is established (modem authenticated, WAN IP addresses assigned to the modem), and the USB LED

lights if the connection between the modem and the data terminal is made over a USB port and this connection

is established.

On the back the P-660 modem has a RJ11 socket for the telephone line, an RJ45 Ethernet network socket

for connecting the data terminal, a USB socket used as an alternative for connecting the data terminal to the

modem. We also have a jack for connecting the external power supply, power button and reset button.

Huawei HG655b modem

It is an ADSL/ADSL2+/VDSL2 modem with IP router, Ethernet switch and built-in WiFi access point [88].

The front of the modem, where several indicator LEDs are placed, is shown in Fig. 8.20, and the back, where

the LAN WAN network sockets, the power button, etc. are placed, is shown Fig. 8.21.

On the front of the modem can be found the indicator LEDs presented in the case of the other ADSL

modems, i.e. the Power LED, the DSL LED, the Internet LED. In this case we have several LAN/Ethernet

LEDs because the modem includes an Ethernet switch. We also have a WLAN/WiFi LED that indicates

the activation of the wireless interface. We also have additional LEDs, namely WPS (WiFi Protected Setup)

which indicates a certain way of securing the WiFi network, a VoIP (Voice over IP) LED that lights if VoIP

functionality over the DSL line is activated and a USB LED that shows the use of the USB port available on

the modem.

On the back the HG655b modem has a RJ11 socket for the telephone line and two RJ11 sockets for connecting

analog phones. These sockets are used if the voice connection is provided by VoIP technology over the DSL

connection, in which case the phones connect directly to the modem. If the telephone service is traditionally

offered on the subscriber loop, these sockets are not used. We have four RJ45 Ethernet sockets to which 4 data

terminals (computers) can be connected and we have a jack socket for connecting the external power supply.

The power button, the reset button, the WLAN activation button, and a USB socket are located on the side of

the modem.
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ADSL splitters and microfilters

Connection to the subscriber loop of the ADSL modem and of different POTS terminals (telephone, fax, modem)

requires an ADSL splitter. If several telephone terminals are connected to the subscriber loop then they are

separated by an ADSL microfilter. In Fig. 8.22 and Fig. 8.23 are presented several types of ADSL splitters, and

in Fig. 8.24 are presented several types of ADSL microfilters. In Fig. 8.22 can be seen the internal structure of

an ADSL splitter, more precisely can be seen the microfilter, respectively the RJ11 sockets of the distributor in

the ADSL splitter.

8.3.2 Configuring ADSL modems

Accessing ADSL modems

Configuration of an ADSL modem requires first to access it, for which it is necessary to determine the IP LAN

address of the modem. Usually the modem’s router runs a Dynamic Host Configuration Protocol (DHCP)

server that assigns IP addresses to all data terminals connected to the modem. If, on the computer, on which

the ADSL modem configuration is to be performed, the Windows XP operating system runs, the following

procedure will be followed to determine the IP LAN address of the ADSL modem (see Fig. 8.25):

• click on the Start button and select Control Panel.

• from the Control Panel window select Network Connections.

• in the window that appears all network interfaces of the computer are displayed; click on Local Area

Connection.

• in the window that appears, select Support and Details.

• in the window that appears are displayed the MAC and IP address of the computer, the Default Gateway

address, the address/addresses of the DNS server/servers and other information. The modem’s LAN IP

address is the IP Default Gateway address.

If, on the computer on which the ADSL modem configuration is to be performed, the Windows 7 operating

system runs, the following procedure will be followed to determine the LAN IP address of the ADSL modem

(see Fig. 8.26):

• click on the network icon on the right side of the Taskbar or click on the Start button, then click on the

Control Panel and select Network and Internet.



D
RA
FT

149

ADSL modem 

RJ11 socket

Telephone device 

RJ11 socket

Telephone line 

RJ11 socket

Telephone line 

RJ11 socket

ADSL modem 

RJ11 socket

Telephone device 

RJ11 socket

Figure 8.23: ADSL splitters of various types.

Telephone line 

connector

Telephone device 

RJ11 socket

Figure 8.24: ADSL microfilters of various types.



D
RA
FT

150

Figure 8.25: Determining the IP LAN address of the ADSL modem when using the Windows XP operating
system.

• in the window that appears, select Network and Sharing Center.

• in the window that appears, select Change Adapter Settings.

• in the window that appears all network interfaces of the computer are displayed; click on Local Area

Connection.

• in the new window select Details and a window appears with the computer’s MAC and IP addresses,

Default Gateway address, DNS server/servers address(s) and other information. The IPv4 Default

Gateway address is the LAN IP address of the modem.

Note: the Windows 7 operating system allows the use of IPv6 addresses, but most ADSL modems use IPv4

addresses.

Configuration of the ST516 modem

Enter the IP address of the modem, obtained following the steps described above, in a web browser (Internet

Explorer, Chrome, Mozilla Firefox, etc.). The main configuration window, shown in Fig. 8.27 opens.

Note: there is the possibility to configure a relatively large number of parameters of the ADSL modems,

but this application focuses only on the configuration of some parameters necessary for achieving connectivity.

Configuration of other parameters are outside the scope of this book.

From the Broadband Connection menu select DSL Connection. In the window that appears (see Fig.

8.28) a series of ADSL link parameters, such as upstream and downstream flow rates, ADSL standard used,

upstream and downstream transmission powers, cable attenuation, various events that appear on the line (errors,

synchronization, loss of signal, etc.) are displayed.

The SpeedTouch window (see Fig. 8.29) displays the access protocol which can be used, i.e. PPPoA (Point

to Point Protocol over ATM) or PPPoE (Point to Point Protocol over Ethernet), and from the Set Up menu

can be set the type of access protocol as well as the VPI and VCI parameters of the ATM connection.

Note: the ST516 modem can only access the Internet by using a PPP access protocol, which requires a

dedicated access server. The WAN IP addresses of the ADSL modem are provided through this protocol.

Modem authentication is also performed by this protocol. For this reason with this modem we cannot access

directly the Internet.
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Figure 8.26: Determining the IP LAN address of the ADSL modem when using the Windows 7 operating
system.

Figure 8.27: The main configuration window of the ADSL/ADSL2+ ST516 modem.
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Figure 8.28: The monitoring window of the DSL connection parameters of the ADSL/ADSL2+ ST516 modem.

Figure 8.29: The configuration window of the access protocol and the ATM parameters for the ADSL/ADSL2+
ST516 modem.
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Figure 8.30: The authentication window of the ADSL/ADSL2+ P-660 modem.

Configuration of the P-660 modem

Enter the IP address of the modem, obtained by the steps mentioned above, in a web browser. The

authentication window, shown in Fig. 8.30 is open. Enter the access password and the main configuration

window shown in Fig. 8.31 is open.

The main configuration window also displays a set of information related to the equipment, the LAN and

WAN IP addresses as well as the status (Up/Down) and the bit rates on the DSL and the LAN/Ethernet ports.

If the password is not entered in the authentication window (or a wrong password is entered), the configuration

window will be displayed, which will display all the mentioned status information, but it will not be possible to

change any parameter.

The configuration of the IP LAN addresses of the modem is done in the LAN configuration window, shown

in Fig. 8.32.

The P-660 modem allows the configuration of the modem’s WAN IP addresses, so a dedicated server for these

operations is no longer necessary. The configuration is performed in the WAN configuration window shown in

Fig. 8.33. Also in this window can be configured the parameters of the ATM connection, as well as the working

mode of the router in the modem, i.e. router or bridge. Regarding the configuration of the ATM parameters,

it is possible to establish the encapsulation, and implicitly the access protocol used (PPPoA, PPPoE or ENET

ENCAP), the multiplexing mode on the ATM channels (LLC - Logical Link Control or VC - Virtual Circuit

multiplexing) of the data from various applications, respectively the VPI (Virtual Path ID) and VCI (Virtual

Circuit ID) parameters. The use of the ENET ENCAPP access protocol allows direct access to the Internet

without the need for a dedicated access server. The Gateway address represents the address of the next node

in the WAN network where the IP packets are routed.

The P-660 modem allows the diagnosis of the physical ADSL connection (see Fig. 8.34), the ATM connection

and the IP connection. There is the possibility of displaying physical link parameters, such as subcarrier

loading, upstream and downstream transmission powers, signal to noise ratios, as well as some ATM connection

parameters, such as number of transmitted/received ATM cells, number of lost ATM cells, etc. There is also

the possibility to perform some loop tests by sending ”pings” to various IP addresses.

Configuration of the HG665b modem

The ADSL2+/VDSL2 HG665b modem is a more complex modem that allows multiple functionalities and whose

configuration is more complex. In the following will be presented only a few essential steps in the configuration

of this equipment, without going into all details. As in previous cases, the modem IP LAN address is entered

in a web browser and the authentication window is accessed (see Fig. 8.35), which asks for user and password.

The modem cannot be accessed without authentication.

The Status menu allows the monitoring both of the LAN (modem - data terminal) and the WAN (modem
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Figure 8.31: The main configuration window of the ADSL/ADSL2+ P-660 modem.

Figure 8.32: The LAN configuration window of the ADSL/ADSL2+ P-660 modem.
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Figure 8.33: The WAN configuration window of the ADSL/ADSL2+ P-660 modem.

Figure 8.34: The diagnostic window of the DSL connection status of the ADSL/ADSL2+ P-660 modem.

Figure 8.35: The authentication window of the ADSL2+/VDSL2 HG655b modem.
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Figure 8.36: The Ethernet link status monitoring window of the ADSL2+/VDSL2 HG655b modem.

Figure 8.37: The window that displays the MAC and IP LAN addresses of the ADSL2+/VDSL2 HG655b
modem.
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Figure 8.38: The window that displays the WAN IP addresses of the ADSL2+/VDSL2 HG655b modem.

- DSLAM) connections. In Fig. 8.36 is presented the window for monitoring the Ethernet connections between

the ADSL modem and the data terminals (maximum 4 terminals) connected to the modem. Can be monitored

the status of the Ethernet connections, the number of bytes/Ethernet packets transmitted/received as well as

the packets with errors or the rejected packets. This window also displays the IP and MAC addresses of the

data terminals connected to the modem. In Fig. 8.37 it is shown the window displaying the IP and MAC LAN

addresses of the modem, and in Fig. 8.38 are displayed of the modem’s WAN IP addresses (WAN IP address,

DNS server IP address). Also are displayed the values of the VPI and VCI identifiers, the status of the WAN

link (connected/disconnected) and the type of access technology (DSL in our case).

In Fig. 8.39 it is presented the window for monitoring the parameters of the physical DSL connection between

the modem and DSLAM. The standard used, the upstream/downstream bit rates, the upstream/downstream

transmission powers and the signal to noise ratios in the two transmission directions are displayed. Also are

displayed the losses inserted by the cable in both directions as well as the quality parameters, such as the number

of wrong Cyclic Redundancy Check (CRC) sequences and the number of error correction events performed by

the FEC (Forward Error Correction) codes.

The Basic menu allows the basic configuration of the modem, i.e. the configuration of the ATM connection,

the IP LAN and WAN addresses, as well as the configuration of the WiFi access point. In Fig. 8.40 is presented

the configuration window of the ATM connection, which implies setting the VPI and VCI parameters, that

characterize the ATM transmission, the Internet access technique (EoA - Ethernet over ATM, PPPoA -Point to

Point over ATM, IpoA - IP over ATM), the encapsulation/multiplexing mode (LLC or VC) and the ATM service

class. The DSL delay path (Path0 or Path1) can also be set. This setting is related to the error protection
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Figure 8.39: The window used for monitoring the DSL link parameters of the ADSL2+/VDSL2 modem HG655b.

mechanism, especially for burst errors. Using the EoA access mode allows direct access to the Internet without

the need for a dedicated access server.

In Fig. 8.41 it is presented the configuration of the modem’s LAN IP address as well as of the DHCP server

that assigns IP addresses to the connected data terminals. It is possible to set the IP addresses of the DNS

servers used by the terminals connected to the modem. These addresses can also be set in the WAN IP address

configuration window.

In Fig. 8.42 it is shown the WAN IP address configuration window. The Default Gateway address represents

the next node in the WAN network where the IP packets are routed. Finally in Fig. 8.43 it is shown the

configuration window of the WLAN/WiFi access point integrated in the HG655b modem. Can be configured

the WiFi standard (802.11b/g/n) used, the channel selection mode (automatic or manual), the transmission

rate, the transmission power, the network identifier (SSID - Service Set Identifier) and the encryption protocol.

There is also the possibility to perform certain operations for diagnosing the ATM and the IP connections

using the Maintenance menu.

8.4 ZyXEL AAM-1008 DSLAM access multiplexer

The AAM-1008 DSLAM equipment is an ADSL access multiplexer with 8 DSL ports and equipped with 100Mbps

Fast Ethernet network interfaces [89]. The front panel of the equipment, shown in Fig. 8.44, contains a number

of sockets and indicator LEDs. The module does not have its own power supply, being in fact a circuit board

that is inserted into a rack that ensures the power supply and the cooling of the equipment. In Fig. 8.45 it is

shown the AAM-1008 DSLAM module installed in the IES1000 rack [89] [90], also manufactured by the ZyXEL

company.

The AAM-1008 module is equipped with 8 RJ11 sockets to which the subscriber loops are connected (they

represent the DSL ports) and other 8 RJ11 sockets where the telephone lines coming from the telephone

exchange are connected (they represent the CO ports). For each DSL port there is an integrated ADSL splitter
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Figure 8.40: The configuration window of the ATM connection parameters of the ADSL2+/VDSL2 modem
HG655b.
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Figure 8.41: The configuration window of the LAN IP address of the ADSL2+/VDSL2 HG655b modem.

Figure 8.42: The configuration window of the WAN IP address of the ADSL2+/VDSL2 HG655b modem.
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Figure 8.43: The WLAN configuration window of the ADSL2+/VDSL2 HG655b modem.
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Figure 8.44: The front panel of the AAM-1008 ADSL access multiplexer
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Figure 8.45: AAM-1008 DSLAM module installed in an IES-1000 rack.

Figure 8.46: The authentication window of the AAM-1008 ADSL access multiplexer.

that separates the DSL port from the CO port. The module has an RJ45 Ethernet socket that ensures the

connection of the DSLAM module to a WAN/transport network. An RJ9 socket provides connection to the

DSLAM module of a configuration console. The console port basically is a UART serial port to which a computer

can be connected, computer that can be used to configure the DSLAM module. Configuration is also possible

remotely through the Ethernet connection, using a web application.

Each DSL port has an indicator LED that lights when the modem connected to that port is synchronized

with the DSLAM. The module is also equipped with a system indicator LED (green), which blinks when the

system is initialized and lights when the system is working properly, and with an alarm LED (red), which lights

if the supply voltage changes or the overheating of the equipment is detected.

8.4.1 Configuration of the AAM-1008 ADSL access multiplexer

The configuration of the AAM-1008 access module can be done locally from a computer connected to the console

port or remotely through the Ethernet connection, using the Telnet protocol or a web application that uses the

HTML protocol. The latter will be presented below.

To access the DSLAM configuration application it is necessary to know the WAN IP address of this module.

Enter this address in a web browser and access the authentication window (see Fig. 8.46), which requires

a user name and a password. The main configuration window is shown in Fig. 8.47. The DSLAM is a

complex equipment and therefore it exists the possibility to configure a large number of protocol parameters

in the different layers of the OSI stack. In this chapter we will focus only on the configuration of some main

parameters of the protocols that control the modem - DSLAM communication.

Note: the DSLAM module acts as a master entity and for this reason establishing the parameters of the

protocols that control the modem - DSLAM communication is performed in the DSLAM.

A very important first step is to configure the DSL ports, that is, the transmission parameters at the physical

layer. Clicking on the Port Setup menu opens a window (see Fig. 8.48) showing all the communication ports

of the module, including the Ethernet port - port 0. For the Ethernet port the status (active/inactive), the

working mode (with or without self-negotiation), the flow rate and the duplex working mode (half duplex or

full duplex) are displayed.

For each DSL port the status (active/inactive), the port name, the name of the transmission profile associated

with the port, the working mode, i.e. the ADSL standard configured on the port (Auto mode, means that the

DSLAM automatically detects the ADSL standard with which it works the modem connected to that port),
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Figure 8.47: The main configuration window of the AAM-1008 ADSL access multiplexer.

the maximum upstream and downstream rates and the number of ATM channels instantiated on the physical

ADSL connection are displayed.

Clicking on the port number opens another window that allows the configuration of that port. As shown

in Fig. 8.49 can be set the port name, can be enabled/disabled this port, can be set the transmission profile,

the working mode, the priority of the data packets on this port and the identifier of the virtual LAN (VLAN)

network that the DSL port is part of (the last two settings are beyond the scope of this book).

The transmission profile allows the setting of the transmission parameters in the physical layer, the same

settings, i.e. the same profile, being possible to be assigned to several ADSL ports. This is the reason for

defining these profiles, i.e. avoiding the separate set up of the transmission parameters for each individual

ADSL port. Clicking on Profile Setup in the window shown in Fig. 8.47 it is displayed another window (see

Fig. 8.50) with all defined profiles. Clicking the ”Ad” button opens a window (see Fig. 8.51) that allows the

definition of a new transmission profile. With the Delete button can be deleted the selected profiles.

In Fig. 8.51 it can be observed that a transmission profile is characterized by the following parameters:

name, ADSL path (fast/interleave), maximum and minimum bit rates in upstream and downstream, maximum,

minimum and target noise margins for upstream and downstream. The noise margin is a parameter that

indicates the quality of the physical connection and represents the value in dB with which the signal to noise

ratio (SNR) can decrease so that the transmission performance (e.g. BER or BLER) does not fall outside some

imposed limits. Usually the target noise margin is 6dB.

After setting the parameters of the physical layer the parameters of the protocols in the upper layers must

be configured. The DSLAM IP WAN address and the ATM channel parameters must be set. Clicking on IP

Setup from the main configuration window opens a window where can be set the WLAN IP addresses of the

DSLAM - see the window in Fig. 8.52.

For each ADSL port, can be configured the ATM channels (one or more) instantiated over the physical

connection. In the IP Setup - Edit Port Setup window (see Fig. 8.49) click on the Channel Setup and a

window showing the instantaneous ATM channels appears - see Fig. 8.53. Also from this window new channels

can be added, using the Add button, or delete the selected channels, using the Delete button. Each ATM

channel is characterized by the VPI/VCI numbers, status (active/passive), the PVID virtual network identifier

(Port VLAN ID) and an ATM channel specific profile, which characterizes the management of the transmission

resources performed by the ATM protocols on this channel. Clicking on the VPI/VCI numbers is open a new
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Figure 8.48: The window of the Port Setup menu of the AAM-1008 ADSL access multiplexer.

Figure 8.49: The Edit Port Setup menu window of the AAM-1008 ADSL access multiplexer.

Figure 8.50: The ADSL Profile Setup menu window of the AAM-1008 ADSL access multiplexer.
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Figure 8.51: The Edit ADSL Profile menu window of the AAM-1008 ADSL access multiplexer.

Figure 8.52: The IP Setup menu window of the AAM-1008 ADSL access multiplexer.
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Figure 8.53: The window of the Channel Setup menu of the AAM-1008 ADSL access multiplexer.

window that allows the configuration of the aforementioned parameters of the ATM channel - see Fig. 8.54. A

similar window opens for the Add operation, the Add Channel Setup window.

In the Port Setup - Channel Setup window (Fig. 8.53) click on the VC Profile and a window appears showing

all the defined ATM channel profiles - see Fig. 8.55. With the Add button can be defined new channel profiles,

and with the Delete button can be deleted the selected profiles. For example, clicking on the Add button

the window shown in Fig. 8.56 opens, window which allows setting the ATM channel profile. The profile is

characterized by a name, the type of encapsulation/multiplexing used (LLC or VC), the AAL protocol (ATM

Adaptation Layer), the class of services for which the channel is defined and the parameters of that class of

services - see the ATM Protocols section.

Note: the details related to the parameters of the ATM protocols are outside the scope of this book.

The AAM-1008 access multiplexer has integrated DSL line diagnostics functionalities, see the window

shown in Fig. 8.57, which allows performing test loops at the physical, link or the ATM channel level (layer).

There are also functionalities for monitoring the DSLAM hardware, DSL ports, ATM channels and VLAN

virtual networks. At the port level, the number of Ethernet packets transmitted/received, the number of bytes

transmitted/received, the number of errors and the transmission time are displayed - see Fig. 8.58. At the

ATM channel level, the number of Ethernet packets transmitted/received, the number of ATM cells

transmitted/received and the number of bytes transmitted/received are displayed.

8.5 Application

1. The ADSL modems described above are considered and for each modem the following operations are

performed:

(a) Power on the modem and connect to the computer on the Ethernet interface.

(b) The IP address of the computer and the modem is determined by following the steps described in

the previous sections.

(c) The web configuration interface is accessed and the state parameters are identified.

(d) Follow the modem configuration steps, i.e. configuration of IP LAN address, DHCP server, ATM

channel parameters, access protocol, WAN IP address.

2. Connect the ADSL modems to the telephone sockets. In parallel with each modem connect an analog

telephone using an ADSL splitter.

3. The ADSL access multiplexer (DSLAM) described above is considered and the following operations are

performed:
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Figure 8.54: The window of the Edit Channel Setup menu of the AAM-1008 ADSL access multiplexer.

Figure 8.55: The window of the VC Profile Setup menu of the AAM-1008 ADSL access multiplexer.
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Figure 8.56: The window of the Add VC Profile menu of the AAM-1008 ADSL access multiplexer.

Figure 8.57: The diagnostic window of the DSL connection of the AAM-1008 ADSL access multiplexer.
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Figure 8.58: The DSL connection monitoring window of the AAM-1008 ADSL access multiplexer.

(a) Power on the DSLAM module and connect to a LAN using the Ethernet interface. The LAN network

replaces in the present application the WAN transport network - see Fig. 8.44 - Fig. 8.45.

(b) The web interface for configuring the DSLAM module is accessed - see Fig. 8.46 - Fig. 8.47.

(c) The configuration of the ADSL ports (Fig. 8.48 - Fig. 8.49), of the transmission profiles (Fig. 8.50

- Fig. 8.51), of the WAN IP address (Fig. 8.52), of the ATM channels (Fig. 8.53 - Fig. 8.54) and

of the profiles that characterize the ATM channels (Fig. 8.55 - Fig. 8.56) is performed/observed.

Identify the main parameters that characterize the physical ADSL transmission and the transmission

on the ATM channels (Fig. 8.57 Fig. 8.58).

4. The subscriber lines and ports of a PBX exchange are connected to the DSLAM. Subscriber loops are

implemented using CAT5 cables. For each subscriber loop 300m of cable is used.

5. Check if the ADSL modems are synchronized with the DSLAM module. Checks if the analog telephone

connections work in parallel with the DSL digital connections. Check if the telephone calls have effect on

the ADSL digital connections.

6. Access the web interfaces for configuring the ADSL modems and follow the steps for configuring these

equipment described in the previous sections.

7. Access on the web interfaces for configuring the ADSL modems the windows indicating the connection

status and the connection diagnostic windows. Identify and analyze the displayed parameters that

characterize the ADSL connection.

8. Checks which ADSL modems can access the Internet and which cannot. Identify the causes that allow or

do not allow to access the Internet.

9. In the case of modems that can access the Internet, run applications for measuring the transfer rates

(e.g. http://www.speedtest.net/) and measure the upstream and downstream bit rates. Compare the

measured transfer rate values with those indicated in the windows displaying the link status. Explain the

differences.

10. Access the ADSL connection diagnostic windows from the DSLAM web interface (Fig. 8.57 - Fig. 8.58)

and run the diagnostic operations. Analyze the results.
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11. For some ADSL ports, the parameters of the physical connection are changed, respectively 1-2 transmission

profiles are defined (the steps shown in Fig. 8.46 - Fig. 8.51 are followed).

12. For the ADSL ports mentioned in the previous point, the ATM channels, respectively the profiles of the

ATM channels are defined (follow the steps shown in Fig.8.53 - Fig. 8.56).

13. Follow the steps necessary to define the WAN IP address of the ADSL access multiplexer - see Fig. 8.52.

14. Change the length of the subscriber loop (reduce it to a few meters and then increase it to 600m) and

identify the effects of this operation on the parameters of ADSL transmission.

15. Connect an oscilloscope/spectral analyzer in parallel with one or more subscriber lines (one at a time).

The ADSL + POTS composite signal is visualized over time and the spectral distribution of this signal is

analyzed. The POTS, upstream ADSL, downstream ADSL, and the guard frequency bands are identified.

16. Using ADSL microfilters an additional analog telephone is connected in parallel with each ADSL modem.

The effect of this additional terminal on the digital ADSL connection is checked, i.e. the effect of the

telephone call when two phones are connected in parallel with the ADSL modem.

17. Replace the ADSL splitters with simple splitters and check the effect of simple connection in parallel

with the ADSL modem of an analog telephone device - the parameters displayed in the ADSL modem

diagnostics windows are observed. Telephone calls are made and the effect on the ADSL digital connection

is checked. Explain the effects of the telephone connection on the ADSL digital connection if the ADSL

splitter is not used.

8.6 Questions and exercises

1. What are the major advantages of DMT modulation?

2. The implementation of DMT modulation for ADSL transmissions uses 256 tones (from 0 to 255), and

the symbol frequency per tone is 4.3125kHz. If the transmission directions are separated by frequency

division duplexing, to the upstream channel the tones 7 - 31 are assigned, and to the downstream channel

the tones 40 - 255 are assigned. Compute the frequency bands allocated to the upstream and downstream

channels.

3. Explain why tones 1 - 6 and tones 31 - 40 are not used in ADSL transmissions with frequency separation

of transmission directions.

4. If the transmission directions are separated by echo compensation, to the upstream channel the tones 7 -

31 are assigned, and to the downstream channel the tones 7 - 255 are assigned. Compute the frequency

bands allocated to the upstream and downstream channels.

5. The implementation of the DMT modulation for ADSL transmissions uses 256 tones (from 0 to 255), the

separation between two tones being 4.3125kHz. If to the upstream channel are assigned tones 7 to 31,

and to the downstream channel are assigned tones 40 to 255, what are the minimum and maximum bit

rates in the upstream and downstream? The modulation constellations can be selected from 4PSK to

32768QAM.

6. The implementation of DMT modulation for ADSL transmissions uses 256 tones (from 0 to 255), the

separation between two tones being 4.3125kHz. If to the upstream channel are assigned tones 7 to 31, and

to the downstream channel are assigned tones 7 to 255, what are the minimum and maximum bit rates in

the upstream and downstream? The modulation constellations can be selected from 4PSK to 32768QAM.

7. What are the orders of magnitude of the upstream and downstream bit rates of ADSL/ADSL2+

transmissions?
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8. What are the modulations that can be used in ADSL transmissions? What are the

advantages/disadvantages of these modulations? Consider also the case of SDSL transmissions.

9. How can the quality of services be ensured in ADSL transmissions?

10. What are the distortions affecting the ADSL transmissions?

11. How is ADSL transmission adapted to the channel’s characteristics?

12. What are the roles of ADSL splitter?

13. How can the ADSL modem be connected to the line? Analyze the possible solutions.

14. What are the similarities and differences between ADSL and SDSL transmissions?

15. How is the frequency band allocation and the duplexing performed in the case of ADSL transmissions?

16. What conditions must be imposed on the transmission line (twisted pairs) in order to allow ADSL

transmission?

17. What are the techniques that can be used to reduce crosstalk in ADSL/ADSL2+ transmissions?

18. Is it possible to directly connect two ADSL modems? But what about two SDSL modems?

19. What are the roles of the DSLAM access multiplexer?
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[5] John C. Bellamy, Digital telephony, Third Edition, John Wiley & Sons Inc., New York, 2000.

[6] ’ ’: Schema electrică a telefonului EM-72.
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