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ABSTRACT

- ~

va

The objective of this tﬁesis is ¢ evaluate the use of multitone signalling in an ISDN
environment. The transmission rate imits of frequency division multiplexing over a
telephone loop are determined. Channel noise, attenuation and the dispersive nature
of the telephone line are the factors limiting the baud rete. The optimum transmission
rate 1s determined for QAM and PAM carrier systems using either linear or decision
feedback equalization. The effects of transmitted power, subchannel bandwidth and
the'subchannel filter are presented. The optixﬁum transmission rates are compared to
the theoretical channel limit as well as the rates which can be achieved using baseband

and orthogonal signalling techniques.

It is shown that in terms of transmission rate the optimum system depends upon
the type of equalization which is used. For linear equalization the parallel transmission
schemes are significantly better than baseband transmission. With decision feedback
equalization baseband transmission provides the highest baud rate. Orthogonal sig-

. nalling is superior to multitone transmission with either type of equalization.

Transmission over a loaded telephone loop is also considered. In this type of channel

1t 15 shown that the parallel transmission schemes are superor to baseband regardless

of the type of equalization which is used.
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CHAPTER 1

INTRODUCTION

~

This chapter describes the objectives and incentives for the research into mul-
titone signalling. A review of published material related to this subject is also pre-
sehted.

1.1 INTRODUCTION

The need for digital communications continues to grow as digital equipment
makes more incursions into our daily lives. Computers are found in most modern
offices and other automated equipment such as smart terminals and facsimile ma-
chines are becoming part of the standard issue for an office in the ‘80’s. The spread
of these digital tools of modern ¢ommerce creates an ever increasing need for digital
communications{l]. It is this demand, which is providing a great part of the impetus
‘to the current interest in integrated services digital networks, ISDN, and mtegrated
digital netv«orks, IDN[2]. The ISDN networks, although a common topic in technical

journals, are not vet commorly available and the level of acceptance they will achieve

o .

1s vet to be determined[3,4]. In addmon the 144 kb/s data rate which the most com-
mon ISDN configuration offers may prove to be insufficient for some users[o] With
this con51derable uncertainty surrounding ISDN an investigation of different means

of providing access 1s still appropriate. This thesis is such an investigation.

Providing digital service to the more isolated or unusual subscriber is another
problem which is Acompounded by the fact that the transmission lines to these users .
generally have loading coils which éeverely limit the bandwidth. Modems are now
available which permit digital transmission over telephone channels with significant
attenuation vanation over the bandwidth of interest. There seems to have been

little work however regarding access to ISDN over a loaded loop which runs between

a subscriber and a central office. Such a loop would have attenuation and phase

-1-
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characteristics which are not as severe as those which modems are generally designed.-

to cope with.

This study is a theoretical investigation into the transmission rate which can .
be achieved over a telephone loop using parallel frequency' transmission and opti-
mum equalization in each subchannel. Frequency division multiplexing in the form
of multitone signalling has been considered before as a means of compensating for
variations in the phase and amplitude response of a telephone line[6-11,13,19,26].
The idea of dividing the available bandwidth into a number of smaller subchannels
is applied in this thesis as a means of attempting to improve the trandmission rate.
A modulation method more appropriate to the tragsmission characteristics of each
frequency range can be chosen once the channel is divided into subchannels. In this
manner the irequency dependence of the channel and the noise can be dealt with.
. This multitone technique has already been analyzed for linearly equalized quadra-
ture amplitude modulation systems, QAM, on a generalized channel with Gaussian
noise[13} and for orthogonal quadrature amplitude modulation systems, OQAM, with i
overlapping signal spectrums([6]. The study reported in this thesis considers a tele-
phone loop in the presence of crosstalk noise, with non-overlapping signal spectrums
and with either linear or decision feedback equalization. QAM as well as other car-
rier modulation methods are used. The achieved transmission 'ra.te'__ié compared to
that which results from OQAM -and lﬁseba;ld modulation. The telephone loop is
a twisted ¢opper pa.:r and -transmission is considered with and without any loading
coils. Figures 1.1 and 1.2 show block diagrams of the multitone transmission system
considered in- this thesis. The approach studied here differs from other published
studies in that it is an investig:;.tion of ISDN access over telephone loops without
repeaters, no restrictions are placed upon the subchannel bandwidths and optix}mm
equalizers are used for each of the tones. Implementation difficulties are set aside
in order to determine the limit of this approach. The objective of this thesis is to
determine if multitone transmission ove;' a telephone loop offers any benefit which

would jusiify further investigation.



Transmission . . -
Line :

CABLE

FIGURE 1.1 Telephone Cable. It shows the bidirectional nature of transmission. -
The transmission systems on lines A,B and C could represent switched voiceband
loops, digital systems or the multitorie system considered in this thesis.

pd

1.2 ORGANIZATION OF THIS THESIS

Chapter 2 introduces the telephone cable and the sources of noise in the system.

The theoretical capacity of the loop is determined. In’Chapter 3 the proposed trans-

mission system and the a.nalys:s method is discussed. This includes the error rate

aj:ulatlon and the conditions set out for acceptable transmission quality. Chapter 4
pr

as\ransmitting power, subchannel filters and subchannel bandwidths., A comparison

sents the results of the analysis including a discussion of the effects of factors such

is made between the mean squared error analysis method used in this study and an
- analysis method based upon direct bit error rate calculations{13]. Finally, the sum-
mary and conclusions are provided in Chapter 5. The derivation of the equations in

Chapter 3 is included in the appendices.

In order to prevent confusion regardiz the type of transmission medium be-
ing referred to the following convention is used. The copper pair transmission line
between a subscriber and the first switching point is referred to as 2 loop and is

. 3.
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FIGURE 1. 2 Multitone System. This block diagram shows the basic components
of the multitone system. The telephone loop is a copper pair. Each of the tones
represents a digital modulation system ceatered about a carmier frequency we..
Also shown are the shaping filters and the equalization blocks that make up the
transmitter and receiver of each tone. The input data sequence to each tone is

represented by {X,}.

generally less than 3 miles long. A telephone loop is the medium over which the
transmission systems in this thesis will operate. A telephone line can be any length
and can pass through a number of switches, A telephone channel is a connection

between subscribers and makes no reference to length or the type of link which exists

between subscribers. A loaded loop is a transmission loop with loading coils inserted,




1.3 REVIEW OF RELATED WORK

The multitone a.pproa.ch to digital signalling in a loaded 100{15 not new(6,14,17].
The advantages of this approach are well-known 4and include reduced impulse noise
sen51t1v1ty, increased capacity and less stringent equalization requirements[10]. Fre-
quency division multiplexing is used by the telephone industry as a means of provzdmg
increased service to a subscriber without having to install additional cable[14]. Single
channel systems use carrier techniques to transmit two analog voiceband signals on
the same loop. 'AT&T’s SLC-1 system[14] is an example of this application. Multi-
- channel techniques are used with double s1de-ba.nd amplitude modulation to provide
up to 8 voice channels on a smgle pa.1r

One of the two main stream approaches that have evolved in high bit rate voice
band modem design is that of parallel frequency transmission{15]. In 1964 Holsinger
[16] showed that an optimal signa.l'set is time limited orthogonal sinusocidal signals.
Later, in 1966, Chang.[9,10] proposed an orthogonally modulated ‘parallel scheme
- which eliminated the need for high toleranee subchannel filters and guard bands be-
tween subchannels. The idea was of interest to a number of researchers although
until recently the difficult phase and timing requirements have limited the practical
application of the idea[6]. In the 1980’s Hirosaki combined Chang’s proposal with
a discreje Fourier transform approach to produce a realizable orthogonal QAM sys-
temtT,S,lg]. The parallel signals are formed by using QAM modulation with the two
input data Hnéé staggered by T'/2. T is the period of the input data symbol. The
adjacent channels are both i‘nodulatéd with the staggered data lines. For example,
if there are three QAM channels, the I channel of QAM systems 1 and 3 would be
modulated by data streams that are in phase and the I channel of QAM system 2
- ‘would be modulated by the data stream that is staggered by 7/2. This results in
a system similar to the multitone approach in terms of the advantages derived by
using parallel subchannels for transmission. The question still remains however as
to whether this multitone approach provides a greater transmission throughput than
a baseband systexr; occupying the same bandwidth. The discrete Fourier iransform

approach provides a convenient means of transmitting over a series of N channels

-5-—



each with a bandwidth B. Hirosaki’s OQAM technigue requires that the inpt-xt data
sequences be synchronized.- The transmission rate achieved using OQAM is mcluded

in this a.na.1y515 and comparison to other multitone systems and baseband modula.tlon

N

is made. o : _

From a wider perspective multitone signalling in the form of frequency division
multiplexing has found use in most areas of communications. From Bell mastergroup
systems which transmit 600 analog voiceband channels, to broadcast radio, to televi-

sion, frequency division multiplexing is an essential element in the efficient utilization

of various transmiission media[l4].

In order to analyze the transmission systems in this thesis mean squared error
analysis is used. The minimum mean squared error is determined for each tone and
a bound on the probability of error is determined using this MSE value. A more
direct approach is presented in a paper by Kalet[13]. He analyzes QAM transmis-
sion In an additive white Gaussian enviroment with the transmission channel being
approumated by step functions. Under these condxtxons the bit error rate equation .
for QAM reduces to a simple closed form. Equations (1) and (2) are from Kalet’s
paper and they show respectively, the approximation which is used for the energy ina
QAM constellation and the bit error rate formula. The bit error rate formula cannot
however be reduced to this simple form after introducing continuous functions for
channel response and frequency dependant crosstalk noise. Equation (3) shows the
‘IKalet type’ expression which is necessary for the transmission conditions studied in
this thesis. Equation (3) is suitable for analyzing multitone QAM systéms which use
linear equalization. The calculation is based upon the received signal-to—noise ratio
and does not lend itself to analysis oF systems using decision feedback equalization.
In Chapter 4 the results of a Kalet type analysis are compared to those obtained
using MSE analysis for linearly equalized multitone systems.

The energy E' in 2 QAM signal constellation can be determined using equation

(1)

E =2M+142/3, (1)

-6 - ) <



where E' is the energy in a QAM signal constellation in which each symbol represents
M bits of information. The term ‘a’ is equal to one—half the distance between adjacent
symbols. A more comprehensive discussion of signal constellations is provided in

Appendix D. Kalet’s equation for probability of error is given in equation (2).

1.5P. L
P, ~ exp_[— (W)] ) (2)

where P, is the probability of an error occurring in any one diréction, (As will be ex-

plained in a later section this probability must be modified to take into consideration

the possible ways an erro; may occur within a given constellation.), Py represents
the transmitted power as defined in Kalet’s paper, N is the noise spectral denéity in-
the channel, M is the number of bits represented by each sy mbol Lis the channel

attenuation and W is the channel bandw1dth

If the frequency dependant nature of the channel and the crosstalk noise are
considered and the message spectrum of the transmitted data is at with respect to
frequency the probability of error for a channel with attenuation L(f) is given by

equation (3).

I
N S SR V705): X0
F s f1')f/e'"P ' (2M+1 W(N, +Nx(f)))df’ (3)

where N.(f) is the frequency dependant crosstalk noise, NV, is the white noise in the
noise model used in this study, and Pi(f) is the frequency dependant transmitter

power: It is equation (3) which is used for comparison purposes in Chapter 4.

I
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CHAPTER

TRANSMISSION CAPACITY

It is possible to determine the theoretical caparcity of a channel given knowledge
of the channel’s transmission characteristics and the noise which is present[21-23].

This chapter describes the noise and channel chiracteristics of the telephone loop

~which is to be studied. o

2.1 CHANNEL CHARACTERISTICS

The telephone loop is a .I?G—AW' G twisted copper pair cable with a large number
of pairs. This permits the use of average values in computing the crosstalk noise[24].
The loop is unconditioned, which means no loading coils are used for voiceband
equalization. All the systems considered will work on cables possessing these average
characteristics. The average phase and attenuation characteristic of a 26-AWG cop-
per pair is shown in Figure 2.1, this characteristic was obta.éned from a Bell System
Specification[27]. The low frequency effect of the terminating hybrid transformers is
modelled by a steep high—pass filter which has a rolloff matching that shown in the
characteristic curve for C-message weighting{28]. The length of the cable is 3 miles
or 4.8 km., a length chosen to represent the maximum distance likely to be encoun-
tered in a subscriber loop[30] without loading coils. The line characteristics shown
in Figure 2.1 are used in all calculations. Calculations for a different wire gauge with
the same cable construction would result in transmission rates which are larger in
magnitude but the conclusions regarding the ranking of systems would remain the
same. The 26-AWG cable reprt;sents the most common size, other wire sizes which

may be encountered would be larger and the attenuation would be lower.

An assessment of multitone performance over a loaded loop is also made. For
this analysis the channel loss characteristic is assumed to be the same as that of a

26-AWG cable with HSS loading(28] andis shown in Figure 2.2.

-8-
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2.2 NOISE

The transmission systems in this study and most ISDN systems are designed for
use on a loop intended originally for analog signals[2]._ This results in 2 number of
the noise sources which in the analog system were not a concern becoming serious-
factors which limit the transmission rate and the cable length which can be used.
The noise sources which should be considered include impulse, shot, thermal and
crosstalk noise[31,32]. Echo impairments due to impedance discontinuities or other

dispersive effects result in intersvmbol interference which is treated separately in this

analysis. -

Impulse noise, which is characterized by large, infrequent amplitude peaks, is due
to sources such as lightning, switching transients and dial pulses on voice pairs sharing
, the cable with the digital system. Switching transients tend to be concentrated at
central offices and die out quickly with distance. The problem that impulse noise
represents is often discussed in literature but due to its wide statistical variation

it is difficult to model[31]. Previous work in the area of impulse noise has shown

-10 -



that if systems are ordered by relative performance in the presence of Gaussian
noise the same ordering will be valid for impulse noise[12]. It is noted however that
frequency division multiplexing used with narrow subchannel bandwidths is effective
in combatting impulse noise effects[10]. For this reason, in the presence of impulse
noise, the multitone systems considered here have an inherent advantage over single
channel systems. Due to the difficulty of modelling the noise however the level of this
advantage over the reference baseband systems is not determined. The comparison
of systems-in this study is based upon the achieved transmission rate. The infrequent
nature of the impulse noise means that it will not provide the ultimate limit to the
transmission rate of the system. That limit will résult from the crosstalk and ‘white

noise.

Thermal and ‘shot noise sources are well documented and can be modelled suc-
cessfully as white Gaussian noise. Low frequency noise such as 60 Hz hum and the
effects of transmission line transformers at very low frequencies, less than 100 Hz,
are not well represented by this model. No attempt & made to consider low fre-
quency noise as for every system studied a low frequency cut-off filter is in¢luded
-to eliminate DC and low frequency signals. This filter introduces little in terms of
additional signal distortion as the transformers generally found at the transmission
line terminati—ons severely distort signals at these low frequencies. The noise model
used in this study is Gaussian white noise which represents all noiée sources except
for crosstalk. The level of the white noise is set at the worst case permissible level in a
voice channel[28]. This level was extended over all frequencies of interest. The value

of 2.5 x 107!*W/Hz compares well with values used by others in similar studies{33].

. ‘ No=25x10"" W/Hz (4)

The remaining noise source of concern is crosstalk. The published studies on the
subject of multitone signals in 2 telephone loop have often neglected to deal with the
subject of crosstalk{13]. The two types of crosstalk of concern are far—end crosstalk
or FEXT, and near—end crosstalk or NEXT. Models for these noise sources have long

been established[31,32,34]. Both types of crosstalk depend upon the transmitted

-11- -
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signal strength and both.are frequency dependant. This means the_significance ‘of
crosstalk noise will increase as the frequency increases. The frequenc-y dependence of
the channel attenuation coupled with the frequgna_r dependence of crosstalk noise are
the major factors constraining the designer of a;‘-.system intended for use on telephone

loops. Figure‘2.3 is a pictorial representation of ‘the sources of crosstalk in a cable.

Transmission
Line

CABLE

FIGURE 2. 3 A representation of the crosstalk noise sources in 2 multipair
' telephone cable. [page 302, ref. 28]

*FEXT is proportional to frequency raised to the power.2, that is, K f2. FEXT
results from the coupling of signa.ls‘at the far end of the cable, ‘far end’ is defined as
the end furthest from the receiver. This coupled signal is subject to losses during the
coupling process and in transmission from the point of couplipg to the receiver. The
actual FEXT is therefore dependant upon the loss in the transmission line. Due to
the length of the cable in this studjf and the fact that NEXT is generally the limiting
factor in digital transmission on this type of cable [24,33] the effect of FEXT is not

included, ]

f/
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Near—end crossta.lic,_ as the name implies, results from crosstalk between the
transmitter end of one loop and the receiver of another loop at the same end of
the cable. It is independent of cable length when the total cable loss exceeds 10
dB [24]. The coupling is a random process dependant upon frequency raised to the
power 1.5, f1-°[24,25]. When a large number of interferers exist average statistics
may be ixsed[35] noting that the cyclostationary character of the noise could result in
a slightly lower m‘a.rgin or eye opening[36]. Near—end crosstalk noise power modelled
using the average value approach car be represented at any frequency as in equation
). g |

Ny = S(IK.f*° W/Hz ° (3)

K. is a measure of the crosstalk coupling between copper pairs and is generally in
the range of 107" to 10™1%(31]. The value used in this study is 0.632 x 10~13 [33].
‘The magnitude of the coupled noise is directly propoz.‘.i'ona.l to the transmitted power

represented in equation (3) as S(f).

Throughout this analysis it is assumed that the noise is uncorrelated and sta-
tionary. The thermal noise 1s by its nature uncorrelated however crosstalk noise ‘may
be cyglostationary. If all the transmitted signals use the same clock source the nojse
will be c_vc'losta.tiona,r&'. While the coupling process is random the number &f inter-
ferers which actually contribute to the crosstalk is small. A cyclostationary noise
source could affect the error rate if the signal were sampled a.f; an instant when the
noise was at a peak. The effect of the noise peak will of course depe-nd upon the
equalizer response. The assumption of stationary noise is therefore based upon the

introduction of random phasing to the clock signals on different transmission loops.

The noise model used in this study can be summarized in equation (6) below.
3

| N(f) =N, + S(£)0.632 x 10735 W/Hz, | (6)

where N, is the white noise spectrai density, S(f} is the transmitted power, f is the

frequency in Hz and the constant is a function of the crosstalk coupling.

e -13-



2.3 CHANNEL CAPACITY

As a reference for comparison with the transmission rates achieved by the sys-
tems considered here we.will determine the channel capacity as defined by Shan-

s
non{21,22).

2.3.1 SHANNON THEOREM

The error free capacity of the telephone loop is determined using the Shannon

theorem. The spectral efficiency, R,, at any frequen\c}, f, can be determined if the

signal-to-noise ratio is known.

R(f) =loga(1+ S(F)/N(f)) b/s/Hz (7)

R,(f) is the spectral efficiency in b/s/Hz that the channel can support in error free
transmission at 2 frequency f. The word efficiency when used in this manner is
actually a measure of the data rate capability of the channel. Figure 2.4 is the plot”

of this equation for the telephone loop. S(f) /N(f) is the signal-to-noise ratio at the
frequency f.
v »

. B
Channel Capacity = [ log(1+ (/N b/s ()
0

The channel capacity is the maximum error free transmission rate which is possible
“over a channel bandwidth B with the given signal-to-noise ratio. Equation (8)
provides the theoretical digital channel capacity given knowledge of the signal-to—
noise ratio with respect to frequency. It has been shown that the'optimum power
distribution is one in which the signal powe1; and noise power add to a constant value
over the channel bandwidth[12,21]. This power distribution has been described using
an analogy to water-pouring because it fits the image of pouring a fixed amount
of water (a limited amount of power) into a vessel so that the water finds its own
level. Figure 2.5 shows the signal and power distribution with a water—poured power

distribution over a telephone loop. The signal power drops off quickly at frequencies

-14 -



o~ beyond 100 kHz. The signal and noise powers add to-a constant which is chosen so

that the total transmitted power is equal to a desired value.

The constant to which the noise and signal power add in the optimum distribu-
tion above,is represented by the variable K, in the formula below. In equation (9)
the transmitted power and the noise reflected. through the channel to the transmitter

add to a constant K,.

NG

Kp = M(HIP(HIF + TOE

W/Hz ¢ (9)
(3

M{f)|P(f)]* represents the transmitted power spéctritp and N(f)/|C(f)? is the

noise that would appear at the transmitter. The termi N(f) is a function of the

power spectrum because of the presence of crosstalk noise. The signal-to—noise ratio

.at the receiver is given by equation (10).

scpy(s) = MDD (10

2.3.2 CAPACITY CALCULATION

The equations discussed in the pre?ious section can be used to generate a plot
which sb\ov«s the capacity in terms of b/s/Hz vs frequency, Figure 2.4. This plot
shows that for the telephone line the theoretical capacity of the channel decreases
rapidly as frequency increases. This is due to both the i increasing channel attenuation
and the high crosstalk levels resulting from the f1-° frequency dependence. Figure
2.6 shows that as the frequency increases, the transmitted power should be reduced
which in effect will lower the near—end crosstalk. Figure 2.7 shows the accumulation
of the channel throughput with respect to frequency. Given the optinﬁzm power
distribution, the majority of the capacity is accumulated at the very low 'frequencies
.where a high signal-to-noise ratio exists. This is evident from Table 2.1 which shows
that the channel capacity is little affected by 2 50% reduction in bandwidth.

- 15~
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SHANNON CAPACITY 26 AWG copper pair

30

SPECTRAL EFFICIENCY
(bits/sec/Hz)

0 +———b—"—"T—r——1r— %

0 20 ~ 4 60 80O 100 120

FREQUENCY (kHz2)

FIGURE 2. 4 A plot showing the spectral efficiency variation with frequency.
[P=0.25 W, L=4.8 km., Noise = White noise + Crosstalk]
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SIGNAL and NOISE POWER at the Tx
5 " for the WA_TER-FOURED POWER DISTRIBUTION

o™=

@

z

a4

i

e

o

Q.

. 10-13 ' o Signal Power
-~ Reflected Noise
i0-14
oS —
\

o 100 200 300

Frequency (kHz)

400

FIGURE 2.5 A plot showing the signal and noise power distribution which exists
if a water—pouring distribution is used. The noise power has been ‘reflected’ back
through the channel so it is the noise as it would appear from the perspective
of the transmitter. [P=0.25 W, L=4.8 km., Noise = White noise + Crosstalk]
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TOTAL
POWER
(W)

SIGNAL
2

0- FREQUENCY

FIGURE 2. 6 A diagram of the water—-pouring analogy for optimum power dis-
tribution. The noise and signal power add to a constant over the frequencies of
. interest. K is chosen so that the total signal power is at the desired level.

BANDWIDTH
(kHz) 30 60 100 110 120

CAPACITY
(kbitsss) 421 564 ] 675 690 . 702

TABLE 2.1 Shannon Capacity vs Bandwidth [P=0.25 W, L=4.8 km.,
Noise = White noise + Crosstalk, a large number of interfering pairs is assumed]

It is worthy of note that the capacity is little altered by changes to the total
transmitted power. As can be secn in the table below reducing the power by a factor
of 10 has little cffect. The absence of a strong dependence upon transmitted power
is a result of the dominance of the crosstalk noise. The importance of the crosstalk
noise increases with frequency. As crosstalk becomes dominant the signal-to-noise
ratio becorﬁes less dependant upen signal power levels and more dépenda.nt upon the

relatiénship between the channel attenuation and the crosstalk coupling factor. A
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SHANNGON CAPACITY
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\. 702 kb/s ~§
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Frequency (kHz)

FIGURE 2.7 A plot showing the accumulation of throughput with frequency. The
majority of the total capacity is ~accumulated at low frequencies.
[P=0.25 W, L=4.8 km., 26-AWG., Noise = White noise -+ Crosstalk]
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higher white noise level would result in 2 closer relationship between channel capacity
a.nd'tra.nsmitted power. If white noise is the only limiting factor the Shannon capacity

is 2.6 Mb/s. This rate may prove to be%f interest if recent advances in methods of

coping with crosstalk noise. are successful[37].

POWER o ' v

(W) . 0ot 0.10 0.25 1.0 50.0°
CAPACITY
(kbits/s) 621 690 702 744 749

TABLE 2. 2 Capacity vs Power [B=120 kHz, L=4.8 km., Noise = White noise +
Crosstalk]

There is a significant link between leng.th and Shannon capacity. This link is to
be expected from ‘equations (8) and (10) which both include the channel attenuation
in the form of [C(f)[?, a factor dependant upon the cable length.

L=4

_ CABLE LENGTH

CAPACITY
(km.) (miles) (Kbits/s)
32 2.0 1227
4.8 3.0 702
6.4 4.0 368

TABLE 2. 3 Capacity vs Cable length [P=0.25 W, B=120 kHz, Noise = White
* noise + Crosstalk]



2.3.3 LOADED VOICEBAND LOOP

-

The capacity of a loaded voiceband loop is considered using the compensated
- channel characteristic provided in [28] (reproduced in Figue 2.2) as a model. As the
table below shows this channel is incapable of supporting the 144 kb/s transmission
| rate often quoted as the ISDN'rate. The capacity is however considerably higher than
the 23.5 kbit/s value used as a benchmark in many studies[15]. This is due to the
fact that the channel considered in this study has not suffered any degradation due to
multiple regeneration and retransmission. The loz_v.ded loop is capable of supporting
the data rates of the component parts of ISDN transmission. That is, either a
combination of a B channel (68 kb/s) and a number'of D (16 kb/s) channels .o:/
a number of ‘D channels can be transmitted over the loaded loop. Multitone and

baseband transmission rates on this channel are compared in Chapter 4.

CABLE LENGﬁ-i CAPACITY
(km.). (miles) (Kbits/s)
10.0 6.2 83

7.3 45 87:
48 30 91

TABLE 2. 4 Voiceband Channel Chpacity [P=0.25 W, B=0.1 to 3.5 kHz
Noise = White noise + Crosstalk]

k)
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CHAPTER 3

METHOD OF ANALYSIS

When using multitone transmission the available channel bandwidth is divided

into a number of subch/a\.nnels which because of their smaller bandwidths have trans-

mission characteristics that exhibit less frequency dependence. The modulation tech-

nique is chosen to match the transmission characteristic of each subchannel. This is
multitone signalling and it has been considered for a number of applications]6~1 1,13].
The difference of note in this study is the presence of crosstalk noise and the general
approach to the investigation is intended to prevent current tectinology limits from
influencing the research. This chapter describes the multitone system, the modula-
tion methods and the calculations used to design the multitone systems. The MSE
calculations were first present_e.d in the format used here in 2 Paper by McGee [38]
and the Chernoff bound development is parallel to that in a paper by Saltzberg([39].
The development of these equations is included in the Appendices for reference. The

equivalent baseband channel equations used for this study are detajled in Appendix
B.

3.1 MULTITONE SIGNALLING

A multitone system can be broken down into the block form shown in Figure
1.1. This shows the basic components of the transmission system. A more detailed

view of a single tone in Figure 3.1 reveals the transmission components which must
be dealt with in the analysis,

The input data is represented by the sequénce of real or complex-valued data
symbols {X,}. The input modulates the pulse function P(f) and is filtered by the
subchannel ﬁlte.r F(f): For carrier systems this baseband signal is modulated by
a carrier signal f.. The channel C(f) and the noise N (f) distort the signal before
the equalizer prefilter E(f) is encountered. The demodulator restores the baseband

-
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. {Xp=—M(D P(f) F(T) cm___§

e ]
- 5—o—fohe

FIGURE 3.1 One tone of a multitone systém.

signal and decision feedback removes the effects of pf;st-cursors before the decision

stage is reached. .

The input data sequence {X,} in this study consists of independent symbols.
Each of these symbols is equi-probable and représents 2 point in the signal constel-
lation of th{: modulation system being used. For the carrier QAM system the input
data symbols are complex valued to accommodate the two dimensional type of trans-

mission QAM represents. The data streams which modulate adjacent subchannels

are asynchronous.

M(f) is the message spectrum and is a measure of tﬁe correlation between data
symbols and the spectral distribution of the data sequence. As shown in equations
{18) and (19) correlations between symbols are represented by the summation of
~ expected values. This thesis considers only uncorrelated data and as a result the

message spectrum is flat with respect to frequency for all forms of modulation.

The pulse function P(f) is the frequency representation of the pulse. An impulse

is used so the spectrum is flat.
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The transmitted power for the subchannel is the integral of the three factors
‘above; the message spectrum, M(f), the pulse function squa.red; |[P(H)]?, and the
channel filter squared, |F'(f)|%. For the purpose of comparison between systems the
power level for each subchannel is set to 0.25 W. When considering multitone systems
this rule is relaxed and instead a limit is placed on the_ overall system power level.
These limits on transmitted power are introduced to permit comparison between
systems on a relatively equal footing. It can be anticipated from Chapter 2 that

power levels are not a major concern and indeed results in Chapter 4 will show this

to be true.

The channel filter in each subchannel is positioned before the modulator.” A
variety of filters have been analyzed. In some systems a 20% raised—cosine filter .are
used, in others full~cosine or brick-wall filters are used. The 20% raised—-cosine filter
is a compromise between the desire to maximize the use of available bandwidth a:nd
the need to use realizable filter speciﬁca.:cions. The other channel filters gre considered
in determining the limits of the multitone approach, in evaluating equalizer effects
2nd in calculating the performance of other approaches to multitone signalling. The
brick~wall filter has 2 flat passband characteristic and vertical cut-off edges. The
full-cosine rolloff filter has a vandwidth of 2/T and has been referred to as the
Nyquist filter[6]. T is the period of one symbol. This filter is used in evaluating the

orthogonal QAM approach in which the signal spectrum of one tone is allowed to
overlap into another tone[10].

Transmission is studied with and without channel filters for the baseband sys-
tems. A cut-off filter is included for the systems where carrier modulation is used m
subchannels above the reach of the baseband system. As a result of the presence of

the equalizer prefilter the introduction of this cut~off filter has little impact on the

baseband baud rate. The optimum equalizer prefilter tends to attenuate the channel

above the frequency 1 /2T to reduce noise, as a “ssult introducing a high frequency
cut~off filter is of little consequence. The equalizer prefilter alone is not however suf-
ficient & :nsure that the subchannels above the baseband frequencies may be'used

for carrier -ransmission.

-
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The channel response, C(f), is known for all frequencies[27] and is plotted in
Figure 2.1.

The optimum equalizer prefilter is placed before the demodulator. Th;s place-
: ment has been suggested before [40] and it is convenient for the purpose of this
analysis. The feedback stage eliminates the effect of post-cursors from previously
transmitted symbols. The equalizer prefilter and the feedback coefficients are de-
termined using mean squared error analysis. For linear equé.lization the prefilter, in
effect the entire equalizer, assumes the task of eliminating both the pre- and post-

Cursors.

. z .
These are the components of tRe subchannel transmission systesr—The following
* section will describe the approach used in calculating the optimum equalizer and

determining the MSE for each subchannel. .
)

3.2 CALCULATION OF ERROR RATE

'I'he allowable error rate for each multitone system is 10~%. When analyzing the
mult:tone systems the error rate within each subchannel may exceed this nominal.
value slightly however the system errqr rate can never exceed 10-¢. Tight restrictions
are placed on the error rate within each subchannel in order to ensure that no single;
tone will have an excessive number of errors while adjacent channels have error rates
significantly lower thaaz the nominal value. Due to these re.s’trictions there is little
difference in performance between a multitone system which requires only that the
overall system error rate does not exceed 10~ and a multitone system in which the
error rate of each subchannel is less than 107°. Gray coding is used so that one
symbol error will usually result in one bit error. The symbol error rate is determined
using a bound to convert the calculated MSE to an upper limit on error rate. The
MSE for the subchannel is calculated after determining the optimum equalizer. Each
subchannel is analyzed in this manner for each of the modulation options. The MSE

and bit error rate calculations are detailed below.

wth
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3.2.1 MSE CALCULATIONS

The calculation of mean square error is similar for both carrier and baseband
systems. The development of the MSE equation and the equalizer equation is detailed

in Appendix A with the differences between carrier and baseband systems explained
in Appendix B.

‘ ™~
If the received signal is represented by -

oo —\
r(t)= Y Xah(t —nT)+n() (11) °

n=—og

then at the sampling instant AT+, the desired voltage is Xx. The delay encountered
by the transmitted signals is represented by #g assuming the equalizer prefilter is
compensating forthe phase distortion introduced by the channel.

+o0
r(AT +t) = > Xnh(to = nT + kT) + n(kT + 1) (12)

n=—00

If we drop reference to the delay #; we can write the received signal as

+o00 —
rr. = Xgho + Z Xahion +ng (13)
ire

The desired signal is X k. The error in the signal is

+o0
Z Xnhi—p + 1 (14)

n==—00

nEk

“and an error in decoding may occur if the magnitude of this term exceeds one—half
the distance between levels. Thus the mean squared error in the received signal can

be written

+oo
lee]” = | S Xahion + — Xihol® (15)

n=—0c

In Appernix A it is shown that this tarm can be written as in equation (16) below.
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tp

oo \ 1/2T too ‘ .

MSE = f N(|E| @+ f M(f)| 3 B(f+m/T)-T-TB(f)| df (16)
T ~ =1f2T mE—ee '

The term H(f +m/T) is the folded overall channel response which is the product

of the channel C(f), the equalizer prefilter E(f), the subchannel fitter F(f) and the
pulse function P(f). B(f) is the feedback

“+o0
B(f) = bre=32mhST, (17)
k=1 i

where the term by represents the gain of each feedback tap.

The feedback acts to eliminate the effect of post—cursors by subtracting the
residual channel response of previously decoded signals from the current signal. The

message spectrum M(f) is a function of the input data and the modulation being
& 4 g

used.
) Foo .m . .
M(fy= ) e T, . (8)
* B =] - -
-~
where m;. is the autocorrelation of the input data sequence.
my = E(Xr X{) (19)

For uncorrelated input data m; is equal to zero for for all & except & = 0. Equation
(18) is the m%ectmm used in the baseband calculations.

The first half of equation (16) is the noise contribution to the error. The second
half results from intersymbol interference. It is possible to eliminate all intersymbol
interference through an appropriate equalizer design however allowing some intersym-
bol interference results in a MSE which is lower or equal to the MSE of 2 éero—forcing

equalizer[42].
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Equation (16) requires calculatior of th& equalizer prefilter and the feedback
response before the error can be determined. As shown in Appendix A the equalizer
prefilter response is given by equation (20).

TR*(f)

E(f) = N(f)U_(cﬂ“fT)Uu (20)

U_(e*™fTY is a factor which results from spectral factorization of equation (21).

. . Toteo m 12
Up(e7*TYU_(7* Ty = 1/M(f) + Z ”i%:_n{;})' (21)

m=-—00

Ug 1s the DC value of the spectral factors. R(f) is the overall channel response
excluding the equalizer prefilter.

R(f) = C(AF(F)P(S) (22)

The equalizer is designed to minimize the mean square errer for the subchannel.

3.2.2 CHERNOFF BOUND

Since the MSE cannot be.directly related to the error rate and designing an
equalizer with minimum error rate as the main criteria is considerably more difficult
than the MSE approafl}@%. suitable conversion between the two is required. The
method chosen to convert MSE to bit error rate is the Chernoff bound[39] which
provides a upper bound on bit error rate. The development of the bound is detailed in
Appendix C. The use of the bound requires calculation of the overall channel impulse
response at sampling time zero, kg. Sampling time zero refers to the sampling instant
used in the receiver to decode a given symbol. The overall channel ﬁnpulse response
must take into account all factors from the pulse response, P(f), to the feedback,

B(f). As shown in Appendix C once the MSE is known an approximation to the
symbol error rate can be calculated.

ho
MSE
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This Q function approximation is éood for small MSE levéls. hg is the overall channel
impulse response at time ¢ = 0. Since multilevel coding is used the symbol error rate
must be adjusted by a factor relative to the number of bits represented by each
symbol. That is, since 2™ symbols describe M bits and with Gray coding a symbol

error results in an error of one bit, the bit error rate must be less- than the symbol

error rate by a factor M. C J
K.Q(e
bit error rate = BER ~ & ~ M (24)
~ M

The constant K. is dependant upon the é?gnal constellation and is explained below.

-

3.3 BASEBAND TRANSMISSION

As explained previously in thié chapter, if baseband transmission is used in a
lower subchannel, and carrier modulation in an upper subchannel, ';hen a high fre-
- quency cut—off filter is included in the baseband subchannel. When the transmission
rates of baseband systems with and without the high frequency cut-off filters are
compared little difference is noted. Al the baseband systems include a filter to elim-
inate nojse from very low frequéncic thus removing the influence of 60 Hz pickup,
1/ f noise and other low frequency sogﬁs.

The factor K, in the bit error rate calculation is given by equation (25).
= = (25)

K, results from consideration of the signal constellation and the fact that the ‘Q
function provides the probability of an error occurring in one direction only. That is
to say, if ‘Z’ represents the uncertainty surrounding a symbol then the probability that
Z exceeds one-half the distance between symbols, P(|Z| > hg), is the probability an
error will occur in decoding the symbol. As shown in Figure 2.2 if Q(z) = P(Z > ko)
and 2Q(z) = P(|Z] > ho) then the overall probability of a symbol error must take
into consideration the arrangement of symbols and the probability of each symbol

being transmitted.



o oN & 4
{‘-2“0’*{ b

—t—— 7

-hg 0 hg

[Z>hg |Z<ho| |Z>hp)

FIGURE 3. 2 Signal constellation for baseband signalling. Z represents the
uncertainty surrounding the decoded symbol *d’

For all but two symbols transmitted using the baseband signal constellation
there are two possible decbding errors. For the outside symbols a decoding error can

only occur in one direction. Therefore 2% symbols can be decoded incorrectly in
2(234 - )

possible ways. Finally this factor is adjusted to account for the fact that

each symbol occurs with probability 1/2* and equation(25) is the result.

3.4 CARRIER SYSTEMS

Three carrier systems are considered : quadrature amplitude modulation, QAM.
(.iouble side-band pulse amplitude modulation, DSB and single side-band pulse am-
plitude modulation, SSB. The analysis is performed using the same equations detailed
for baseband transmission in Appendix A. The differences between the carrier and
the baseband system calculations are briefly discussed below and are reflected in the
baseband equivalent channels which are cietermined for each carrier system. The
main differences exist in the channel'ﬁltering and the effects of modulation and de-
modulation on the signal and noise. These differences and the development of the’

equivalen* baseband equations are detailed in Appendix B.
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+o0 .
Mse= [ Nfsofa+ [ mo) 5 B+ mm-T-180[ 4 09
. ' - -1/aT ma=—-o0
TR*(f) E(X;Xo) c—iaTRIT
BN = yoermg @ M(n= *_Z_jm (18)
=, j2ed Uy (3717 oM ~
B(f) =S bpemimont 2 Ll T0) g BER = Q(m) (27)
N g at T ( )
. aerry = |R(f+mm1= f‘
U™ MU (™) =M+ Y N rmT) (21)
B(f) = P(NFNCNHES) (28) N{f) = No + M(£)P(1)0.632 x 10-13£15 (6)

TABLE 3.1 Equations for baseband transmission.

3.4.1 QUADRATURE AMPLITUDE MODULATION

QAM introduces the use of complex data symbols. The input‘ data sequence
{Xn} consists of complex numbers. The modulation and demodulation of QAM
signals can be depicted as in Figure 3.3. The [ and the Q channels form what is in
effect two DSB pulse amplitude signals which have been modulated by carriers at the
same frequency but offset by 90 degrees in phase. This fact is used in the analysis
of the QAM signals and in the development of the equivalent baseband channel in
Appendix B. The presence of two signa]s on the same line results in an additional
source of intersymbol interference whxch must be accounted for in the "t'?'seba.nd

equwa.lent channel

The demodulation of the received signal results in a reduction in the noise con-

~ 31—
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{Xn} = POIF(f) '
) - cq(t)

cos(wct)
™cqt)
X'} — PetyE() —6?—
ci(t) ;
sin(we) i . sin(wet)

FIGURE 3. 3 Representation of a QAM modulation system.

tribution to the MSE by a factor of one-half.

The factor K. in the bit error rate calculation is again dependant upon the
signal constellation. The QAM: constellation is more complicated than that of the
basel®nd or PAM cases in that the constellation is drawn on two axes instez;:d of
one. It is therefore impossible to develop a closed form expression for X, without

first determining the signal constellation. A further discussion regarding X, is given

in Appendix D.

3.4.2 DOUBLE SIDE-BAND MODULATION

DSB signals result from the modulation of a real inp';lt data sequence {X,}. .
The channel filters have a bandwidth in excess of 1/T. The baseband equivalent
channel shown in equation (32) is developed in Appendix B. The factor K, in the
bit error rate calculation is the same as that developed for baseband transmission,
equation(23). This results from the fact.that signal constellation is the same for
baseband as for PAM transmission. As was the case for QAM, demodulation results

in a recuction in the MSE noise contribution by a factor of two.
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v i m
MSE=1 [: NOJED] 4+ [ 0| & it emm-T-T805[ 9)
: . Yr-d oo
Half) = POFO[EG+ 1] 30 2= ENC) (22)
M(f)= ..;, b ~jreasT (31) BER = %:%K'Q(Vh%f) '(24)

K,=dependant upon QAM constellation

L}

e

" TABLE 3. 2 Equations for QAM transmission.

Flin "SR

S .
3.4.3 SINGLE SIDE-BAND MODULATION

SSB transmission offers the advantage of lower bandwidth requirements when
compared to DSB transmission while prov'ic]'ing the same baud rate. The difficulty
which is well recognized is that of generating the SSB signal[44]. This implementation
problem is not addressed in the analysis and the SSB system is evaluated on the basis
of the transmxss:on rate which it achieves. As can be seen from Table 2.3 the analysis
of the SSB sy stem is the same as that for DSB. The only difference lies in the choice
of subchannel filters. The SSB signal i 1s generated through the expedient of filtering
_the upper side-band of the DSB signal. The SSB signal carries the same amount
of information as the DSB signal but with slightly more than half the ba:idwidth
requirement. The form of the baseband equivalent channel equation is the same for
SSB as for DSB however the SSB subchannel filter F(f) removes most of the signal
above the subchannel center frequency f.. The single side-band ﬁltér maintains a
20% raised-cosine rolloff so the actual bandwidth of the SSB systeﬁgzs 1.4/2T. In

some literature this is referred to as vestigial single side-band modulation. As a result

i
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of the overlap into the upper side-band the SSB scheme conazdered in this study is
not as efficient as the QAM scheme.

/T

: " oo
MSE= /_ ) N|EW| dr + f M) 2 Bo(f +m/T) ~T=TB(N[df (29)
. -irr ma—co
Bl = JPOFD (BG4 10+ 0= o] B(f)= ENCW) (2
. !
= E(XaX3) _ ~ (2™ ~ 1) ho
M(f) = o0l TMT (1) BER= Q 217)
=T ()

> TABLE 3. 3 Equations for PAM transmission.

3.5 MULTITONE SYSTEM DESIGN

The multitone systems are designed using the MSE~Chernoff bound equations
described in the previous section. The bit error rate for each system is set to 107, -
Two design approaches are used; the first is to fix the subchannel bandwidth and
to then determine the optimum transmission rate which can be achieved in that
subchannel and the second is to place no restfiction on the subchannel bandwidth
expa.ndmg the frequency range until the desired error rate is reached. In both ap-
proaches max]rmzmg the total system transmission rate is the obJectzve The carrier
modulation best suited for use at each frequency is determined based solely upon the
achieved bit rate. At low frequencies where baseband modulation is fea51b1e baseband
transmission rates are weighed g,ga.inst those achieved using carrier systems occupying

the same ringe of frequencies. The optimum multitone systems thus determined are
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compé.red to the transmission rates achieved by the approaches discussed in Chap-
" ter 1 and to the rates achieved by baseband modulation alone. The results of this

analysis are presented in the next chapter.
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CHAPTER 4

COMPARISON OF SYSTEMS

In this chapter the application of the previously developed design calculations
is presented. Optimum multitone systems using either linear or decision feedback
equalization are determined. Comparisons are made to the performance of other

parallel transmission schemes already in use.

4.1 BIT RATE COMPARISON

4.1.1 LINEAR EQUALIZATION

A

The analysis of multitone systems with linearly equalized subchannels shows that
an improvement of almost 20% in bit rate can be achieved. This is the improvement
relative to the highest bit rate achieved using a single baseband channel. In every
type of carrier modulation the multitone system is superior tcs the the bit rate offered -
by a single channel using that type of modulation. As shown in Table 4.1 below

the improvement offered by multitone signalling is dependant upon the modulation

chosen.

Table 4.1 shows the highest transmission rate which can be achieved with each
type of modulation. The systems defined as single channel consist of a single carrier
channel extending from 100 Hz. to an upper freciuency bound determined by the
number of levels and the bit error rate. The number of levels and the bandwidth for
the mafimum rate system is included in brackets. The multitone results are again

the highest -r/q.tes which can be achieved. The overall system bandwidth is reported
in brackets beneath the bit rate.

It was found that the multitone systems are relatively insensitive to subchannel
bandwidth as long as the number of levels was optimized for each subchannel. Thus
‘a large number of combinations can be found which provide transmission rates close

to those iCentified as the maximum. This table does not include any results for
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orthogonal signalling. The multitone systems therefore do not have overlapping signal

spectrums. Figure 4.1 provides a representative sample of the frequency spectra of

the systems in Tables 4.1 angi 4.2, ) -
DSB-PAM SSB-PAM QAM BASEBAND
SINGLE - | 184 knits/s | 180 kbits/s | 215 kbits/s
TRANS. CHANNEL (8L, 64 kHz| (8L, 42 ¥Hz|(32Q,51 kHZ)
RATE 260 kbits/s

MULTITONE | 187 kbits/s | 277 kbits/s | 310 kbits/s (8L, 52 kHZ
( 64 kHz) [, ( 50 kHz) ( 64 kHz)

% IMPROYEMENT 3
(over single channel) 2 % 54 % 44 B

TABLE 4. 1 20% raised-cosine filters are used as channel filters in all systems.
The results are the maximum transmission rate which can be achived. The
terms in brackets are the number of levels, or points ia the QAM constellation
.and the system bandwidth. The multitone systems/are insensitive to the choice
of subchannel bandwidth so a typical result is refforted.

These results are for systems with subchannel filters that have 20% raised-cosine

characteristics.

As Table 4.1 shows the multitone approach offers an improvement over baseband
signalling when SSB or QAM carrier modulation is used. DSB is not better than
baseband in terms of bit rate. When single-channel $-level SSB-PAM and DSB-
PAM modulation are compared on the basis of the transmission rate DSB modulation
is slightly better. This is shown in Figure 4.2 where the bit rate achjeved using § level
PAM transmission is plotted against the frequency at which the subchannel begins.
The advantage of DSB transmission increases as the start irequency is increased. This
is of significance since due to the superiority of QAM in terms of spectral density
‘PAM transmission is only considered for use at frequencies where QAM cannot be

used. At these frequencies the advantage of DSB transmission over SSB makes it
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DSB-PAM Multitone Spectra ° DSB-PAM Multitone and Single-Channal Spectra
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FIGURE 4. 1 A plot of the frequency spectra for the optimum linearly equal-
1zed single-channel and multitone systems. The choice of multitone subchannel
bandwidth proved not to be critical. The vertical scale is arbitrary.
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viable. If the subchannel bandwidth is restricted to some value at a frequency where
either DSB or SSB transmission is possiblg the SSB system is superior by virtue of
its higher ratio of bits/Hz. This observation is confirmed by the relative performance
of the multitone systems using PAM modulation. The SSB system is much better
than the system that relies upon DSB modulation.

The result for baseband transmission includes the effect of the low frequency
distortion which results from the channel’s inability to transmit signals at DC. The
linearly equalized baseband system suffers from the presence of signal at this fre-
quency. The effect of this distortion is limited however as when the performance of
a 2-level baseband system was compared to that which is achieved with a baseband

system using bipolar coding the coded system is only 5% better.

The choice of subchannel bandwidths is not very signiﬁcant—{-‘The multitone
- systems designed with fixed subchannel bandwidths generally perforired at the same
level regardless of the subchannel bandwidth. As Figure 4.3 and Table 4.2 show it is
possible to establish systems with Yelatively few tones, that is to say wide subchannel
bandwidths, that performed as well or better than the narrow bandwidth multitone

systems, . \\
r

Orthogonal QAM signalling offers an alternative to the need to ensure the phys-
ical separation of subchannels in the frequency spectrum. Due to the orthogonal
nature of the signals the signal .spectrums may overlap in the mahner illustrated in
Figure 4.3. The center frequencies of each subchannel are separated by 1 /T where
T is one symbol interval. As can be seen in Table 4.2 the OQAM system provides a
significantly better transmission rate than any of the multitone systems. The trans-
mission rate achieved using OQAM is slightly better than that achieved with a multi-
tone system using brick-wall filters even though the theoretical efficiency in terms of
symbols/Hz is the same. This is due to a higher level of intersymbol interference and
higher crosstalk noise levels at frequencies approaching the edge of the subchannel.
If the transmission rates of the QAN multitone systems are compared to the OQAM
transmission rate it is noted that the differences do not directly corre§pond to the

improvement in efficiency, with efficiency still defined as symbols/Hz. The increase
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OPTIMAL MULTITONE
MODULATION JFILTER SINGLE CHANNEL | BANDWIDTH B BIT RATE
{kbits/s) (kHz) {khits/s)
0.001 297
20 % RAISED . X o
COSINE 215
Bt /T 1.0 312
10.0 308
QAM BRICK WALL 0.1 350
Bal/T 236 . 1.0 360
[ 10.0 355
FUL. COSINE 0.1 231
B2/ ; 204 1.0 213
L 10.0 225 |
: / 401 171
20 HRAISED
DSB - PAM COSINE 184 1.0 187
) 100 - 185
20 % RAISED R e 277
SSB - PAM COSINE 176 1.0 276
10.0 268
QAM/DSB COMRINATION 20 % RAISED COSINE
!
BASEBAND Syst. B = 47.0 260
0.1 ;
FULL COSINE : 377
OQAM fe spacing = 1/T 1.0 371
B-2/T 3.0 %2,
10.0 330

TABLE 4. 2y A table of bit rates for linearly equalized systems. The optimum single
channel and multitone result for each type of modulation is listed. The results for

different filter types are included. [Single channel P=0.25 W,
Multitone P=1 W]
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by

in transmission rate achieved in using OQAM is lower than the improvement in effi-
clency. This difference is explained by the increase in crosstalk which occurs in the

OQAM system as a result of the overlapping signal spectrums.
4.1.2 DECISION FEEDBACK EQUALIZATION

Introducing decision feedback equalization to the subchannels results in a rever-
sal of the conclusions regarding the performance of the multitone approach. Baseband
signalling now provides the highest transmission rate of 2ll the systems considered.
Multitone signalling with DSB-PAM modulation is no longer an imﬁrovement over
tile best rate achieved using a single DSB cliannel. Multitone QAM is little better
than the best single channel QAM system and the improvement in using multitone
transmission with SSB modulation is significantly lower than that which is achieved

when only linear equalization is used.

DSB-PAM S;SB-PAH' - QAM BASEBAND

SINGLE 246 kbits/s | 241 kbits/s | 340 kbits/s
TRANS. CHANNEL | (8L, 97 kHz| (8L, 57 kHz[(320,80 kHz)

RATE

434 kbits/s

MULTITONE | 190 kbits/s | 279 kamts/s | 350 kbits/s | (8L, 87 KkHz
(60 kHz) | (54 kHz) | (60 kH2)

® IMPROYEMENT -23% 152 292
(over single channel)

TABLE 4. 3 A table showing the improvement achieved using multitone sig-
nalling with decision feedback equalization. 20% raised-cosine filters are used
in all systems. The results are the maximium transmission rate which can

- be achieved. The terms in brackets are the number of levels and the band-
width for the single channel systems and the system bandwidth for the mul-
titone systems. The multitone systems are insenstive to the choice of sub-
channel bandwidth so a.typical result is reported.[Single channel P=0.25 W,
Multitone P=1 W]

. ~43-
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The frequency spectra of the systems in Table 4.3 and 4.5 are very similar to those
shown in Figure 4.1. The only difference of note is the larger bandwidth of the single-
channel or one tone systems. The choice of subchannel bandwidth in the multitone
" systems again proved to be of little importance (see Table 4.5). The reason for this
shift in performance is the differential improvement offered by decision feedback.
The introduction of decision feedback improves the performance of §ubchannels with
wide bandwidths far more than it improves the performance of narrow bandwidth
subchannels. This effect, which is explained in a late.:_' section, effectively elirninates
one of the main advantages offered by the multitone approach. Since the decision
feedback equalizer is better able to cope with large changes in channel aitenuation
and noise levels, being able to reduce the size of these changes through the use
of multitones is no longer a significant gain. This fact is aptly demonstrated by
the dszcrencc in improvements observed in the change from linear equalization to
decision feedba.cL equalization for multitone systems and baseband transmission.The
baseband bit rate is dramatically higher when decision feedback equalization is used.
This results from ‘the ability of the decision feedback equalizer to deal with the
channel null at thc low frequcnc1es as well as it’s enha.nccd ability to compensate for
the frequcncx dependant nature of the channel attenuation and noise. The rnulmtone
_systems which already have narrow subchannels and small variations in attenuation

and noise bencfit little from the introduction of decision feedback equalization.

The carrier PAM subchannels exhibit the same performance characteristics as

-

Wf linearly equalized subchannels. That is, DSB modulation is slightly
better than SSB modulation if no restriction is placed upon the channel bandwidth.

A sample case for DSB and SSB modulation with DFE is plétted in Figure 4.1.

The carrier system subchanne] bandwidths exhibit a characteristic behavior as
the spectral density M (bits/symbol) is changed. Figures 4.4 and 4.5 plot the start
and end frequencies for QAM and DSB subchannels using 20% raised—cosine filters,
decision feedback equalization and different modulation levels. Design plots of this
sort can allow a designer to quickly- determine both the bandwidth of a subchannel
and the baud rate which can be achieved in that subchannel with a bit error rate of
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T~ MULTITONE SYSTEMS
DSB-PAM | SSB-PAM | QAM BASEBAND
LINEAR . . . .
BIT EQ. 187 kbits/s 277 kbnts{s 319 kbits/s 260 kbits/s
RATE :
DFE 130 kbits/s 279 kbits/s 350 kbits/s 434 kbits/s
r ) '
% INCREASE o . o o
{relative to linear eq.) _1'6 %o 0.7 % 9.7 % 67 %

TABLE 4. 4 A table comparing the bit rates for optimum systems with linear

~ and decision feedback equalization. 20% raised~cosine channel filters were used

on all systems! The system bandwidths are found in Table 4.1 and 4.3. [Single
channel P=0.25 W, Multitone P=1 W)

10~%. Similar curves can be generated for other combinations of channel filters, error

rates and tfpes of modulation.

OQAM istio longer much better than multitone si gnalling. Due to the enhanced
ability of the decision feedback equalizer to cope with intersymbol interference there
1s no longer any difference in the transmission rates of the multitone system which |
uses brick-wall filters and the OQAM system. It must be noted when making this
comparison that OQAM is feasible while the brick~wall filter multitone system is not.
It is worthy of note that the only multitone systems which derived significant benefit
from the introduction decision feedback equalization are the systems which have wide

subchannel bandwidths. The narrow subchannel systems show little change.

The optimum baseband system provides a transmission rate which is 61% of the
Shannon limit while the optimum combined baseband/ carrier system provides 56%.
The baseband/carrier combination is of doubtful value as it requires a baseband
bandwidth which is almost as wide as that of the optimum baseband channel. This
means there is little a:dvantage being gained in terms of a simpler equalizer design

at the expense of a lower information rate. A more conventional multitone system
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which combines QAM and DSB modulation provides a bit rate which is 54% of the

Shannon limit. The OQAM system achieves 57%. These values are listed in Table
4.5 and plotted in Figure 4.6.

INFLUENCE OF DECISION FEEDBACK

One of the main advantages of multitone signalling is that it permits the de-
signer to divide the available bandwidth into narrow subchannels which have con-
sistent transmission characteristics over the frequency range. If decision feedback
can negate the effects of large cha.nges in attenuation and noise multitone signalling
becomes less attractive. The reason for the differential improvement of large chan-
nel bandwidths over small when decision feedback is introduced is demonstrated by ,
Figure 4.7. This plot shows, relative to the symbol rate, the influence of decision
feedback for a QAM system with 10 bits/symbol. The MSE is plotted for both linear
and decision feedback equalization. As the plot shows the linear and the.decision
feedback equalizers perform equally well at low symbol rates, that is, with narrow
subchannel bandwidths. As the symbol rate increases however the performance di-

verges. There is actually very little difference noted until bandwidths greater than 1
kHz are reached.

Figure 4.8 shows the influence of decision feedback across the channel bandwidth
for an 8 level baseband channel using a 20% raised-cosine filter. The decision feedback
equalizer is more effective than the linear equalizer at the higher frequency end of
the subchannel. As the frequency is brought down to the center of the channel, down
to DC, the roles are reversed and the MSE contribution of the linearly equalized
system is lower than that of the decision feedback equalized system. At DC there is
a dramatic increase in the linear systems MSE which'is a result of the channel null
at very low frequencies. As the section below describes the linear equalizer actually
enhances the noise, thereby increasing the MSE, in attempting to compensate for a

steep increase in channel attenuation.

It is the linear equalizer’s inablility to perfo'rm well in wide subchannel band-

widths that makes linearly equalized multitone systems attractive. Decision feedback
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OPTIMAL MULTITONE
MODULATION FILTER |SINGLE CHANNEL | BANDWIDTH B 8IT RATE
(kbits/s) (kHz) (kbits/s)

20 % RAISED 0.1 319

Ba1.2/T 10.0 350

CAM BRICK WALL 0.1 350
Bei/T 359 1.0 370

10.0 380

FULL COSINE 0.1 231

Ba2/T 264 1.0 213

10.0 225

20 % RAISED 0.1 171
DSB - PAM COSINE 246 1.0 187
- . 10.0 180

" 20 % RAISED 0.1 . 279

S8B - PAM COSINE 241 1.0 275
10.0 268

QAM/DSB COMBINATION 20 % RAISED COSINE Syst. B = 60.0 360
BASEBAND Syst.B.=87.0 | 434
BASEBAND \DSB  COMBINATION Syst. B 77.0 400

0.1 377

FULL COSINE 1.0 371

OQAM fe spacing = 1/T 5.0 352

'S Ba2T 10.0 330
20.0 313

TABLE 4. 5 A table of bit rates for decision feedback equalized systems. The
optimum single channel and multitone result for each type of modulation is
listed. The results for different filter types are included. [Single channel
P=0.25 W, Multitone P=1 W]
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MSE
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n=10 bits/s-Hz
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FIGURE 4. 7 A plot showing the influence of feedback on MSE for a QAM
system. The wider the channel bandwidth the greater the influence of feedback.
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INFLUENCE OF FEEDBACK
(2 Level and 1024 Level baseband)
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FIGURE 4. 8 A plot showing the infience of decision feedback on baseband
channels. The greater the variance from 1.0 the greater the influence of feedback.
The wide channel 2-level system benefits more from the introduction of feedback

than the narrow bandwidth 1024-level system. The impact of the channel null
at £=0 is obvious



is better able to cope with wide bandwidths and thus the multitone approach can
offer less of an a.dva.nta.ge in terms of transmission rate. '

13

FREQUENCY DEPENDENCE OF MSE

The two types of equalizers in this study minimize the MSE in very different
ways.‘ As noted above the linear cc';ua.lizer is unable to perform as well as the decision
feedback equalizer in wide subchannels. An examination of the frequency dependence
of the efyor contribution to the total MSE helps demonstrate why this is true. As
Figure 4.9 shows, the error contribution to the MSE is linear over frequency for the
decision feedback equalizer. For the linear equalizer the contribution is much greater
at the upper frequency end of the channel. If one remembers that the crosstalk noise
is frequency dependant it is Teasonable to expect that increasing the channel band-
width of a linearly equalized system will make the mmpact of the-high frequency error
contribution more significant. That is, due to the tendency of the linear equalizer
to enhance noise at high frequencies, higher noise levels at the upper frequency end
will degrade a linearly equalized channel’s performance more rapidly than a channel
with decision feedba;:k equalization. The folded noise spectrum for these two chan-
nels after the equalizer prefilter is plotted in F igure 4.10. It clearly demonstrates the
tendency of the linear equalizer to enhance high frequéncy noise while the decision

feedback system results in a flat noise spectrum.

4.2 POWER DISTRIBUTION

As discussed in the section rega:dinﬁha.nnon limit, crosstalk noise is the
dominant noise source in this study. Figure 4.11 confirms this in a plot showing the
limit of transmission rate in b/s/Hz for a Q AM system with 1 Hz subria.nnels There
are three lines in the plot, the first shows the bit rate which is possible if only white
noise 1s present, the second shows the limit imposed if crosstalk were the only noise
source, and the third is the result of the combined noise sources. It is noted that

this third line cannot be distinguished from the line resulting from crosstalk noise
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Frequency Dependence of MSE

Tor a subchannel ' 0 to 56 kHz
0.05
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FIGURE 4. 9 A plot showing the linear accumulation of error over a decision

feedback equalized channel and the dominance of the error contribution from
the high frequency eweaﬂy equalized channel.
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FOLDED NOISE FOR 4L BASEBAND SYSTEM
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FIGURE 4. 10 A plot showing the folded noise after the equalizer prefilter for
a baseband system with linear equalization and with decision feedback equal-
ization. The folded noise over the feedback equalized channel is flat while the
linearly equalized channel’s noise is significantly skewed with frequency.
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alone. It is evident from this plot that the white noise can only play a role in limiting
‘ the bit rate at very low frequencies. The relationship between increases in signal
strength. and increases in crosstalk noise make concerns about power distribution
pointless. The achieved bit rate becomes a function of the channel attenuation and
not the signal power distribution. This observation is confirmed in this simulation
since concerns about matching the transmitted powers of the multitone and single
tone systems have proven unnecessary. As Table 2.2 implies as long as the total power

is above a threshold the actual power level and consequently the power distribution

are not important.

The performance of baseband modulation relative to the mul’ﬁitone systems,
which can match spectral efficiency to the channel’s capability, is also explained by
consideration of power distribution. Figure 4.12 shows the oﬁtimum signal and noise
power distribution for the telephone loop and transmitted power level in this study.
As can be seen from the plot of signal power the optimum distributjon is relatively flat
with respect to frequency. Baseband modulation provides just such a distribution.
Thus even though baseband modulation in no way matches the spectral efficiency in

b/s/Hz to the channel capability it still is close to the optimum approach.

The Shannon capacity for a channel which is limited only by white noise is 2.6
Mb/s. A calculation using OQAM signalling and 1 Hz subchannels suggests that a bit
- rate of approximately 1.6 Mb/s can be achieved. The possibility of completely elim-
inating crosstalk was raised in a recent paper by Steiglitz, Honig and Gopinath[37). .
Their proposal is to use a multichannel adaptive finite-impulse-response filter to can-
cel ncar—end crosstalk. If a design of this sort were successful and far-end cxfbsstalk
could still be neglected rates in excess of T1 rates (1.544 Mb/s) could be achieved.
This multichannel approach is outside the scope of this thesis and is mentioned only to
emphasize the considerable impact of near-end crosstalk on the capacity of telephone
wires. Multilevel baseband transmission under this condition can maintain a bit rate
of 1.45 Mb/s. Thus in a white noise environment OQAM transmission provides a

higher transmission.rate than baseband. Multilevel QAM provides approximately

the same bit rate as baseband transmission.
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, The dominance of crosstalk noise-can be more fully described by con31denng
the contribution of each error component to the total MSE. Equation (16) permits
us to separate the intersymbol mterference from the noise contribution. It is also
possible to separate the noise contnbutzon into the’ whxte noise and crosstalk com-
ponents. This process clearly demonsfnéés the dominance of crosstalk as well as
°the frequency dependant nature of the noise. In mde bandwidth QAM channels
with decision feedback equalization and 2 bits/symbol over 70% of the error is due
to crosstalk, white noise contributes 'approxima.tely 10% and the rest is due to in-
tersymbol interference. The same QAM system operating in a narrow bandwidth
channel at high frequencies has a MSE which is 84% due to crosstalk and 16% due to
white noise, the intersymbol interference contnbutzon 1s insignificant. A hzgher level
QAM system with 16 bits/symbol operating in a narrow bandwidth channel at low
frequencies has the same distribution, $4% of the MSE is.due to crosstalk and 16%
due to white noise. Baseband systems breakdown in the same manner. The 2 level
baseband has a MSE which is 58% due to crosstalk and 31% due to white noise. The
intersymbol Jnterference contribution is only s:gmﬁcant m wide channel ba.ndmdths

where large variations in attenuation exist across the bandwidth.

4.3 FILTER EFFECTS

There was considerable concern over the choice of subchannel filters. While
the 20% raised-cosine filter is a reasonable choice there still remains some question
regarding the effect of the subchannel filter on the baud rate. As Figure 4.13 shows,
the transmission rate which can be achieved decreases as the excess bandwidth of the
filter is increased. The changes in transmission rate are not however d1rectly related
to the changes in excess bandwidth. Excess bandwidth refers to the bandwidth i in.
excess of 1/T. For the 20% raised—cosine filters the excess is 20%. The full-cosine
filter has an excess of 100%. The baud rates achieved while using the 20% raised-
cosine filters are not 20% lower than the baud rates achieved using brick-wall filters.
Table 4.6 lists the bit rates for different flter types and it.is noted that the rates
are not dxrectly proportional to the changes in excess bandwidth. This is due to the
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BIT RATE vs. FREQUENCY for QAM system

I Hz subchannels
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FIGURE 4. 11 A plot showing the bit rate which can be achieved in 1 Hz sub=
channcls at an error rate of 107%. The smooth line shows the limit imposed
by white noise. The sccond is the limit imposed by crosstalk and the third,

which overlays the crosstalk-only line, shows the bit rate for combined white
and crosstalk noise systems.
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@ SIGNAL and NOISE POWER CURVES
for GPTIMUM POWER DISTRIBUTION
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FIGURE 4. 12 A plot showing the optimum signal and power distribution for the
telephone loop in this study. The noise has been ‘reflected’ through the channel
response so that the noise power is as it would appear from the perspective of
the transmitter.[P=0.25 W, L=4.8 km.]
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FIGURE 4. 13 A plot showing the bit rate for a single QAM tone with three
different filter types. The more severe filter types provide a higher maximum

baud rate but perform poorly in wide channel bandwidths. The start frequency
of each channel is 100 Hz. .

- 60 - .7



ﬁ" .

higher intersymbol interference which results from the more stringent subchannel
filters. As Figure 4.13 shows, at higher frequencies the subchannels with the less
severe filters can maintain higher bit rates. The observations regarding the effect
of excess bandwidth on system baud rate permit one to conclude that for decision
feedback eéualized channels a multitone system cannot achieve a better transmission

rate than baseband transmission simply through a different choice of channel filters.

]
EXCESS TRANSMISSION RATE
'| BANDWIDTH SINGLE :
CHANNEL MULTITONE
BRICK WALL FILTER 0 % 359 kbits/s 380 kbits/s
: \ YU
340 kbits/s 350 kbits/s
20 % RAISED COSINE 20 %
85 % 92 %
264 kbits/s 231 kbits/s
FULL COSINE 100 %
74 % 61-%

TABLE 4. 6 A table com'pa.ring the bit rates of systems with different filter types.
The bit rate percentages represent the bit rate relative to the rate achieved by
the 0 % excess bandwidth system.

4.4 P. vs MSE-CHERNOFF BOUND CALCULATIONS

As discussed in Chapter 1 another method of calculating bit rates is available.
* For the purpose of clarity it is referred to in this discussion as the ‘Kalet calculation’,
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This appfoach permits direct calculation of the bit rate which can be achieved in a
subchannel with linear equalization. The calculation is complicated when frequency
dependant crosstalk noise and channel attenuations are present however it can be
used as an approximation if thé appropriate integrals are used as in equation (4).
This approximation is compared to the results obtained using the MSE-Chemoff
bound apprqach of this stﬁdy. As Figure 4.14 shows, the calculation of bit rate
using these two methods is very close. The slight differences can be attributed to
the approximations made in devcloping the Kalet calculation and the fact that the
Chernoff bound is an upper limit on the error probability and not an exact calculation.
Thus the Kalet calculation offers another approach to calculating the error rate which
can be achieved using linear cqualization. It does not however determine the equalizer
function which is necessary to achicve this transmission rate and is not necessarily a

more simple calculation.

4.5 VOICEBAND CHANNEL CALCULATIONS

The performance of multitone signalling on a ;'oiccbancf channel with loading
coils is cc;nsidered n this section. Decision feedback equalization is used in all cases.
his channel is not as severe in terms of channel distortion as is usually encountered
when discussing voiceband channels[15]. The channel used in this analysis is a 4.5
mile pair with no repeaters or bridged taps. With this channel the OQAM approach is
clearly superior to baseband transmission. As can be scen in Table 4.7 a single QAM
system is almost as good as the best baseband system. When OQAM is introduced
the achievable transmission rate is 17% better than that which can be achieved using
ba.sebar}d modulation. This result, which appears to be in contradiction with the
conclusion made in the analysis above, is explained by noting that the voiceband
channel places a severe limitation on the bandwidth. In the analysis above no such
restrictions were placed on the system bandwidth. Indeed, the optimum baseband
system above has a bandwidth which is 45% greater than the best OQAM system.
If the bandwidth of the baseband systems was limited to the bandwidth occupied

by the muititone systems the conclusions regarding transmissioh rate would be less

~
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Comparison of Kalet and MSE analysis’

(for 1 Hz channels)
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FIGURE 4. 14 A plot showing the difference in results between Kalet and MSE
performance calculations. The bit rate-is the rate achieved by a multitone
QAM system with 1 Hz subchannels and linear equal:zat:on There is almost
no difference in the two plots. &
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clear. For the channel considered in Section 4.2.1 it can be seen from Figure 4.5

that a baseband system occupying the same bandwidth as the OQAM system has
approximately the same bit rate.

For the voiceband channel the problems associated with transmission at fre-
quencies approaching DC are more significant thifk is the case when transmission
1s possible over a wider bandwidth. That is, as the low frequency null occupies a
greater proportion of the channel bandwidth the iufluence of the null is increased.
The advantage of multitone signalling in a channel of this sort will increase if the
low frequency performance of the channel degrades, thus for systems operating in

voiceband channels over long distances and through many repeaters the advantage

of multitone signalling will be even greater.

£
BASEBAND QAM MULTITONE
(20 % r.c.) QAM CQAM
IT RATE
B(kbits/s) 60.1 58.9 63.2 7)\0
AN

e

TABLE 4. 7 A table comparing the bit rates of systems operating in a voiceband
channel. All systme channel filters are 20% raised—cosines except for the 0QAM

which uses 2 full-cosine filter. [P = 0.25 W, L = 4.5 km., 26-AWG cable with
loading coils]
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- rate remains lower than the optimum baseband rate.

CHAPTER 5§

SUMMARY AND SUGGESTIONS FOR
F\iRTHER-RESEARCH

5.1 SUMMARY

This thesis has considered the performance of multitone signalling over a tele-

phone loop. The conclusions are summarized below.

The transmission rate achieved using multitone signalling is lower than that
wlich can be achieved with decision feedback equalized-bageband modulation. OQAMNE
provides the highest transmission rate of all the carrier schemes. It is possible to de-
sign two tone systems consisting of baseband modulation and DSB-PAM which have

a higher transmission rate than OQAM however the improvement is small and the

r

Multitone QAM transmission rates can approach those of OQAM if the filter
excess bandwidth is small. Practical limits on subchannel filter design will however
result in large differences in the rates which can actually be ach'ieved by these two
approaches. Hirosaki has already demonstrated that an OQAM system of the type
used in this analysis is practical[19]. This is despite the stringent requirements placed
upon the phase and clock recovery circuitry. (jnly the requirement that the data in
adjacent channels be synchronized may prevent the use of OQAMl when choosing
between carrier systems. If frequency bands are to be allocated to specific tasks
or if the data sources are in physically separated locations then neither OQAM or

baseband transmission can be used.

The performance of the frequency _division‘ multiplexed s‘i,fstems is in general
Little affected by the type of equalization which is used. Only in the case of the mul-
titone system using a brick-wall filter with its severe spectral rolloff characteristic is

a significant improvement gained by introducing decision feedback equalization. The
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multitone systems are unaffected by equalization due to the fact that the tones are

narrow enough that there is no significant change in the noise _and channel charac-

~ teristics across the bandwidth. In this situation it has been shown that the linear

equalizer performs almost as well as a decision feedback equalizer. The use of lin-

ear equalization and the fact that relatively few tones are required to provide good

" performance simplifies the design of the multitone transmission system. In order to

*

maximize the baseband transmission rate decision feedback equalization is required
and the large channel bandwidth will result in the need for significant phase compen-
sation at the equalizer. If linear equalization is used the performance of the baseband
systems falls below that of all the OQAM and multitone schemes with the exception

of one using double side-band modulation.

In a crosstalk noise environment spectral allocation of transmitted power is unim-
portant. Due to the one-to~one correlation between crosstalk noise power and signal
power the channel response plays the major role in determining the channel capacity
once the crosstalk level is established. For the specific noise levels in this study a
small relationship did exist befx:veen power allocation and channel capacity. This
relationship resulted from the presence of white noise as well as the crosstalk. The
crosstalk noise is dominant however and the distribution of transmitted power with

respect to frequency is relatively unimportant.

The bandwidth required by the optimum multitone systems is generally lower
than the bandwidth of the baseband systems. This points to the possibility that if
the channel bandwidth were restricted to a value less than 60 kHz then multitone
signalling may provide a higher transmission rate than baseband. In addition, no
coding techniques were considered. It is noted that if power-limited orthogonal
techniques(45] were used in subchannels above the multitone bandwidth the combined

transmission rate could approach that of the optimum baseband system.

The low frequency channel distortion had little effect on the baseband trans-
mission rate. The carrier systems avoided the problem entirely by not placiﬁg any
signal at the low frequencies. The baseband system will always have some signzl

content ai frequencies approaching DC. For this reasop any degradation in tlse DC
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cliaracteristic-of the channel will impact upon the baseband transmission rate while
the carrier systems will be unaffected. The null will also increase the complexity of
both the DFE and the echo ca.nceller in the baseband system. This factor must be

considered when applying the conclusions made here to other channels.

When transmission .in a voiceband channel is cc;nsidered, frequency division sig-
nalling provides the highest transmission rate. This is due to the restricted channel
bandwidth and the DC distortion discussed above. The OQAM tra.nsmissién rate is -
significantly better than baseband and again this difference will increase when other

voiceband channels with more severe DC distortion are encountered.

A number of papers in areas related to this research have shown that coded
multitone systems outperform baseband modulation.[6-8,11] It must be noted how-
ever'that in many cases these authors are using channel characteristics which include

the effects of bridged taps. The presence of bn’cfged taps introduces nulls into the

- [Tequency characterictic. Nulls in the characteristic make the use of multitone tech-

niques a logical choice. It is also noted that in comparing baseband to multitone these
authors restricted themselves to low level (2-4) baseband modulation. It was found
that if higher levels are used the baseband system performs on a par with multitone.

It is expected that this will be the case if coding is introduce to the system.

Multitone and OQAM signalling both offer alternatives which may be consid-
ered to baseband transmission on telephone lines. The complexity of the design and
the nature of the data source are the major factors which would dictate such con-
sideration. Depending upon the channel limjtations, the bandwidth as well as the
availability of receiver equalization technology, baseband modulation and QQAM will
both provide a higher transmission rate than multitone transmission. Only in the
case of distributed sources for the transmitted data is multitone signalling an obvious

choice,

-
.



5.2 SUGGESTIONS FOR FURTHER RESEARCH

The calculations in this thesis assumed that an infinite tapped delay line was
available for the equalization. An analysis of a receiver with a limited number of
equalizer taps should be made to determine if pfactical limits to the technology affect
the ranking of the systems considered here. Such an analysis could be performed in
the time domain which would lend itself more easily to consideration of phase and
timing jitter. Phase and fiming Jitter were not considered in this thesis since when
transmitting over telephone lines both these problems can be practically eliminixted
as the changes are slow relative to the symbol rate and hence the tap coefficient
refresh rate{46]. The actual effect of phase and timing jitter as well as random
tap fluctuations cannot however be fully considered until the configuration of the

equalizer and the number of taps is determined.

The effect of impulse noise was not considered although it was noted that mul-
titone and OQAM systems would be less sensitive than baseband systems. A study

could be performéd to determine the level of this advantage over baseband transmis-

sion.

Coding is another arca which réma.ins largely unaddressed. It was assumed that
the impact on each of the systems of error correction coding would be proportional so
that no difference would occur in the ranking. There remains however the possibility
that power-limited techniques would permit the use of bandwidth which cannot
presently be used. As the multitone and OQAM systems both occupy less bandwidth
than baseband transmission it could prove/that the relative ranking of the systems

is changed: when such techniques are introduced.
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APPENDIX A

MSE CALCULATION

The received signal is represented as:

+o0 ‘
r)= Y Xih(t~kT)+n(2) (33)

k==—o0

’

Xk is the transmitted digit sequence .
h(t) is the channel impulse response
n(t) is the noise after equalization

-

It is assumed that the received and decoded digital se;quence is the same as that
which is transmitted. That is to say, few errors are made in the decoding. The er-
ror signal can be represented as
+oo
error = ey = r(t + kT) — Z.’Q._.b - X (34) -
i=1
The mean square error can then be determined. The MSE equations developed be-
low were first published by McGee[38]. They are included here only for reference.

+o0 +oo
E{leol*} = B{( Y Xih(t—kT)+n(t) - D X _ibi - Xo)
k=—o0 =1
oo
(> LR (= FT) +n"(t) - Zx- by —X3)} (35)
KM=—so | =]

Those cross products involving the noise term and any other term are equal to
zero due to the lack of correlation between the factors, The other cross products

are dealt with as shown below.

. 1

Assume the phasing is adjusted so the _éample is taken at t=0. The first cross prod-J
uct is then equal to equation (36). '
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+o0 . ) . _ ’
E{ Y Xeh(—kT) > Xph*(-k'T)) (36)

k=—20 k!===—o00

define the term my as

me = E{.YkXJ} ' (37)
since
mg = E{ka.;.k.’fz.} (38)
then °
ME_fr = E{kaz,} (39)

therefore, since A{—kT) is a deterministic function:

+o0 +o0 +0oo Foo
E{ > Xeh(=kT) > Xph*(=K'T)} = >3 me L.h( LT)h( K'T)
h==—cc M=—a0 k=w—occ k!==o0
4 . (40)

the Fourler transform of this term is

Z i M~ k'f H(f:)H (fo)e P2 [T 2T g, g,

k=—oo ki=—0c — 00

let k—k = k" then k= k" + &'
define the message spectrum M(f) as ’__—'

+oo

T .__ - " .
M(f) = I’: 2w kT _ (41)

kl=m—oco
then the expected value in equation (36) may be written as
+ oo . +oo . ‘ -
= [[ B8Gom Garsi(r) 3 e T,
oo k'=—o00
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i

with the Poisson Summation formula:

e . tw -
; > p(kT)sz"z""*T=% > P(f -—%). | (43)
. k=:oo _ m=—00
it is possible to write (49) as
] HAE (%) Z 5(f1 BT )
" integrate over f
] BAME) S B (5= Dy W)

m==—cc

M(f1) is periodic in 1/T and H*(f — ) is periodic in 1/T

- Therefore the integral can be written as:

B{ Z Xh(=kT) Z Xy ht(—K'T)} = /M(f) Z H(f + B (f + 2

k=—o0 . k'=—oc M=—00
o i
* EiXO X} = mg as per the definition in equation (37} above. '
‘A V -T-. oo m .
Mfy= 3 et
k=—o00
»
TM(f Z mpe Jg"ﬂ'T
L——oo
T / M(f)df = / S eI T g
-1 -1 k==co. '
T - ' . -
. i .
T [ 3533 = [ mods N
LR
T* [ Me)f = mo
frl-
-7l -
¥ »



L3

. . »
therefore
, | S
BiXoXs)=1° [ M(ngr (47)
. '-5?' - B
)
+oo
E{ ) Xuh(~kT)X3}
'ﬁ:f k=—co

. r : .
Using the same arguments as were presented in (i) above it is possible to show this

expectation 1s equal to:
+o0 ‘
g / TM(f)H(f)df
_ -0
Once again M(f) is periodic in 1/T as is H(f) we can write:
+o0 -

= [t Y mu+ T (48)

m=—oG

-

(xv)

“+ o0 .
E{ > Xih(=KT)X,)

k'==cc

In the same way as in (i) above it can be shown that this expectation is equal to:

s voo -
= [ > EG T (49)
-E;' m=—o0
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(v)

+o0 +oo'

E{ Y > XuXIyh(=KT)5:}

k==—co i'=1

‘Write'the sum for ¢’ as —oo to 60 noting that 5% is equal to zero for i' < 1.

E{f quch (=702}

 k==00 {'==—00
.\

f) Zbke-—_?..frlf'r

The expectation E{X X", } 18 i—i 1t can therefore be written:

+oo

+00 +co T .
> X m/ H(f)e T, [ B (peneiity,
k=—0i'=—00 —oa 4 i
let k":k—_z"

oo Foo r .
Z Z Men /H(Jc!)e—jzwf;'defl/TzB-(fz)ejmrf;(k—k”)Tdfz :/

k=—oo k"= iy -1 ' ) }

T : -
L
/H(f )6_ 21rf;def1 /TB (fz)M(fz)eJerngdf
k=—o00_
+o0 \
= [ #(5) T (e fa= Ty, / TB*(£2)M(f2)dfs
o m=-—co ! _
integrate pver fi '
7 +oo
=T 3 Hf2+ 3B (hL)M(f2)d, (50)
i ,}} m=—oco -
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(vi)

In the same manner it can be shown that the expectation
. . H

+oo +oo .
E{(Y Y XiXeh'(- H)hoi) = ] TS BT OLEALLEATACH
k=—o0i'=—00 m=-co

(vii) .
7

The noise terms ca}b;&glt with by noting that the expected value of the prod-

uct of the complex conjugates is the autocorrelation function at time 0.

E{n(n*(2)} = R(O)
e} =N *

R(O) F1 {A‘( f)}
therefore . ]
+00

im0} = [ N (52)
It should be nbted that the N(f) term above is the noise spectrum after passing
through the equalizer prefilter and in order to be consistent with the variables used
in this study the integral should actually be written as in (53).

+oo :
Bin(tn" (@} = [ NPIBGPes (53)

(vili) - .

- -

-
-

+oo oo

B{ Y > X.X1.bib}}

k=—o01t'=1
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1
+oo 4o

- _,
= 2 ¥ mie [[ PB)B ()T b Ty g,

=00 i'=—co '}
’ T
M o=

. T
+o00
Z Z ILI / TZB(fl )B-(f2)e—j21rf;iTc+j21rfg(k"—i)Tdf1 dfe

I=—oo k=m0

-5 f T2B(f1)B"(fa)e ™22~ I gf, g,

I=—00
’ﬂ"’

- This integral will equal zero unless : = 0 we can therefore write:

1

o0 oo I
E{ Y ¥ X Xtubby) =T / M(HBHB (Fef  (54)
k=—o0i'=1 TJ'
(ix) )
+o0
E{Y " X:Xghi)
=
-i-oo T
= m:-/B(f)c—JZ':rfanf
T
=7 [ M(nB(HY (55)
4
(x) “
] +o0 r
B{Y XiXob} =T [ M(DB (P (56)
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By combining the above expectations into equation (35) we have :

MSE = [ up 3 B(f+ TVH(f + 2)df - [ Ty H(f + ) B (H)M(f)df

M=—0o0 m=—00

TM() 3 H(+ T)df-i— / N(DIE(S)Pdf

m==—0o0

TS e f+-—)B( HM(f)df +T f M(f)B(f)df

m=—co 31-'
-7 [ M(B (e + 7 [ M(f)d
J 4
i "
+1° [ M(NBUB (1) - f T S B+ oy
3 & m==eo

which can be written as :

m=—0c0

+o0
MSE = / N(HIES)Pdf + ] M(F)] Z H(f+7)-T~TB(f)Pdf (57)

TF

As shown in [38] the equalizer which ensures the minimum mean squared error
can be determired from this formula. The MSE is minimized when 4he differential
equation (58) is equal to zero.

L 0= BN REMA( S B+ TVE(f+2)-T-TB(£)) (56)

m=—o0
with R(f) = P(f)C(f) the feedback coefficients are minimized by setting (59)
equal to zero

+o0

/ M(f)e12“”‘fT ( Z E(f+= )H(f—f-T) -T- TZbe'Jz""fT)df (59)

mM==—00
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k' = 1,2,3,... These formulae can be solved so that the optimal equatior can be

written. .
TR*(f)
UsoU-(e*/TIN(f)

R(f) is the overall channel response excluding the equalizer prefilter U_(ed2/Ty.

E(f) =

(60)

and U (e=927f T)_a.re the products of the spectral factorization process where:

g 1 REFFIE . o o
T m_z_:mm =Us(e7 MU (77T (61)
R(f) = P(HC(f) (62)

The feedback coefficients are determined from

Us(em#mIT)

-1
Uso

B(f)=
+00 )
? Z bke—-J27rka | (63)

A short form equation for the minimum mean squared error is:

T
UsolUno

o (i Fo IR+ 2P
= Texp( T_[ (377 * Z NG R ) L
I

MMSE =

For the case of linear equalization the prefilter equation is:
TR(f)/N
B(f) = — TRONG)

|R(f + B
M(f) i ,,,_Zm N+ F)

(65)

These are the equations which are used for baseband transmission.

\-
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APPENDIX B

CARRIER SYSTEM’S BASEBAND EQUIVALENT EQUATION S

The MSE and related formula.e which have been developed are for baskband
transmission. It is necessary to develop a new set of equations for carrier tranmis-
sion. Thede equations will reflect the effects of modulation and demodulation on

the signal and the noise as well as considering the differences in terms of noise for
the PAM and QAM transmission systems.

—=th;(t)

Xal —] P(YF() —(?—

cos(wit)
. hqt)
Xnk — POF() ‘Q;}r*
sin{wct) ' ol
o — o Mbegl)  |——

FIGURE B.1 Carrier System Diagram.
points

{X+} is a set of complex input data’

s In the development below the following ‘convention will be used:
LPF ~ denotes a low pass filter
R - Real /Pa.rt

* — indicates convolution



F — Fourier Transform
S - Imaginary Part

N
PAM SIGNALLING

The received carrier signal can be written as in equation (66) below.

'+Foo '
' Demodulated signal = LPF [?R{ Z Xep(t — LT)erwfct} * h(t)cos(w.t )] (66)

k=—o0

where p(t — kT) is the pulse function -
The baseband representation of this signal is (67).

+oo
R{ > Xiplt~ LT)hb(t -k} (67)

k==o0

If we consider equation (66) and dropping reference to the common factor ™¢" we

can write (68).

oo B2 e
2 .
eJ'21rfct + e—jz:rfgt]]

Demodulated signal = LPF[[

* h(t) [ >

-

(68)

+oco
=3[ X Xip(-kT)emset x hp)ems2nse

k=—co

.Ml—'

+ Z Xep*(— kT)e'Jz”f‘ *h‘(t)e’z”f‘]
k=-0o
+oo - . .
R S Xep(—kT)E 0w it)e et (69)

k==—00o

l\)lr-'

Il

-

Take Fourier transform of (69).

+oo
/3?{{ E Xep(— kT)eJwac *h(f)e—jzwfct}e—jzwftdt}
—0o k=—co

i
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o0
f 32 > Xep(—~ kT)cﬂ"h *h(t)c"-"""(f*""n‘dt} (70)

. k_.-oo

Consider part of (70).‘

p(t = kT)e?* et w h(t) = f F{p(t = kT)e? ™Y F{h(t) 2™ tdf’

+oo +oo
/ H(f") / p(t! — kT)ei™ e dt'ed?ns gt
) —o0
+oe - ~+o0
= fH(fl)/ f P(f”)ejfrf”(t'—kT)df”ejfrf,t'ej!rrf'tdt!ejhrf'tdfl
-0 —o0
+oo _
B f H(f") f P(f)e™ A6 + o~ eI df
-0 ~-o0

»

+oo :
] H(fl)P(f! _ fc)ejrr(f'—fc)chj2xf'tdfl (71J

(71) is substituted back into (70)

4

1 +o0 +oo oo o | '
2 / ?R{k_Z A f H(fYP(f' = fo)el "I =0T eitnlt ~fe=Digp gy |
+oo
=%§R{k 2 X / H(FVP(f' = fo)e ™ ITo(f' — f. - Fyaf'}.
400
=3%{ 3 XeH(f +HP(f)e e =27 AT (72)
k=-—00 )

Take the inverse Fourier transform.

+o0

f 3% Z XLH(fc+f)P(f)e"2”"‘T}e’2”"df (1

—eo k=—cc
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This equation must equal (2).

+00 ]
R{ > Xep(t — kT)hy(t — kT))}

k==00
" Therefore .
p(t)h(t) = % / H(fe+ FYP(f)e’*™Taf - (74)
Thus ‘ . h
By(f) = 5H(fe+ f) (75)

If we continue to ignore the influence of noise at the receiver the MSE can be
written as in (76) o
MSE = E{D>_ X[R{hs(—kT)}I*} (76)
k30
The pulse function p(¢) has been dropped as it has the same influence on the car-

rier and the baseband systems and therefore is secondary to the development un- -
dertaken here. ‘

Since M(f) = k.__oo E{X:X3}e 7"k IT /T and since the data is uncorrelated we
can write equation (77). ‘

/

MSE = TM(f} > XE[R{Ry(—kT)}]* , (77)
k70
+o0 _
=T33 H-AT) + 2b-RT)P 4 HE=AT)] - 1R}
. k=—o0 . .
- 1 = i v m ‘ m
=tMO[; 3 7l [ (BOR-f + P+ omis+ Dy

+ B~ = ) )] - R{ho) ]

= M(f) ] B> Half+ )~ rre ' (78)

M==—00
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with _ e

ch(f) =

-

B + By (-5) (19)

K

-

- This formula is valid for both SSB and DSB transmission. The channel filter
for the SSB transmission appears in the transfer function k(%) and therefore there

is no need to consider the analytic representation of a baseband SSB signal.

'QAM SIGNALLING

For QAM transmission the calculation is complicated by the possible influ-
ence of the quadrature channel. Due.to the symmetry of the QAM constellations
used in this study it is possible to isolate the I and the Q channels when calculat-
ing‘the probability of error of the overall system. This point is discussed again in
Appendix C while developing the Chernoff bound equations. It is reasonable to
treat the I and Q channels as separate PAM channels as long as any influence from
the quadrature channel on the/h under consideration is accounted for. Since

no restriction was placed updn {X,} during the previous development we can still
.

write h; as: 5
i

+eoo
hy(2) =é / H(f + f)P(f)el*™wetdf

and
Hy(f) = 3H(F + )

If we again ignore the influence of noise the MSE for the | channel in a QAM sys- -
tem is:

+00 i 2
MSE = B{(R{ 3 Xuhy(t—kT)} - B{{R{Xoh(0)}}) } - (s0)

k=—00

The expectation represented by E; takes into account the possiblity of ky(t) be-
ing complex by providing a measure of the expectation of the possible real valued
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.components of all the symbols at each I changel level.

use = 15{ 3 Xehu(okD) = By Ko@) +[ 3 XiH(-KD) = BLX5R(0))
+o0 . +o00 .
(L3 Xeh(-FD) = BeXobaON + [ 30 Xehi(—T) - Eu{XsH5(0)])
o kK'=—0o0 k' =—co
5

Yor independant and uncorrelated input data X this formula may be written as:

MSE =%E{ (Z Xxho(=kT) — EL{Xohs(0)} + ZX;h;(-—kT)

k#£0 k#0
~E1{X;}(0)} + Xohs(0) + X513(0))

(Z Xihs(—kT) — EL{Xohbe)} + Y Xihj(—kT)
E£0 _ k30 C

.

_ EL{'xgh;(O)} + Xohs(0) + Xahz(ﬂ))}

. This is due to the fact that under these conditions for input data the following is .
true: - ‘ ) -
E{ Z thb(—kT)EL{Xohb(O)}}= 0
N kso- .
P(XoXi)=0for k#0

MSE = éE{ > XZRH(—KT) + 2 > IXk Py (—ET)? + > Xi2Ry*(—kT)
. E#0 ks£0 . k#Q
—2Xohs(0)EL{Xohs(0)} — 2Xohs(0)EL { X3k (0)}

—2X5 R} (0)EL {Xohs(0)} + X3RE(0)
+2| X514 (0)f + X52R;3%(0) + (B { Xoks(0)})?
| ¥ +2|EL {Xohy(0)} 12 + (EL{XJh;(O)})z}

" MSE E*E{Ti ZIthb(—kT) + X;h;(—kT)|2 + (&t{xuhb(o) - EL{XDhb(O)}})z}
e _ .
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For symmetric QAM constellatxons the expected values E{3", ;o X ,:2} and E{Y, o X}
are both equal to zero. Therefore the formula reduc&e to:

' MSE ~ ZE{z Z[xk[ﬂh,,(-kr)]"} + E_{I%{Xohb(O) — E1{Xohs(0)}} |2}

k0
consider the sécond part of the equation
2
E{ (é}z{xoh,,m) - EL{xoh,,(O)}}) }
1
= —E{(Xohb(O) - EL{Xghb(O)} + Xghb(O)‘— EL{.XFE;}IZ(O)})

(Xohs(0) — EL{Xohs(0)} + X Rs(0) — E:.{XJhE(O)})}

e

[EL{(Xohb(O))z} = (Br{Xahs(0)})* +2EL IXU-hb(Oj.P = 2| EL {Xohs(0)}?

B (RO} = (Be{X; 3(0)}’2] '

[ELJXohb(O) - xah;m)l"’ - |BL{Xoha(0) + X353 (0)) 12]

Wl ]

|

| Xo X
[EL{I(XO';' 0+X0 Q)h(0)+(X0+ Q_XO

)R}
- ;[ Eatxans(o) +'EL{X5h;(0)}] L {xeHO) + EL{xuhb(O)}]

(Xu ;Xg) (h,,(O) Jg h;(O))P:i_ (Xo 2 ~ X: ) (h-b(O) - h"(O))

. . - Yy 2
_ EL{(XO';XO)(hb(O)';‘hb(O))}+EL{(X9;’X0)(h6(O) hb(o))}

2

=E;

4

The expectation Er {(Xo — X7) (Rs(0) — hy( 0))} is equa.l to zero because as ex-
plained in Append:x D the constellation is symmetric and the E; expectation is
done over all possible values at this I channel level. - s

R(R5(0)) has been normalized to 1 so that two of the remmmng terms cancel. The

final term EL{R(XO)S'(XO)%(hb(O)S‘(hb(O)} is equal to zero again due to the sym-
metry of the gonstellation. This leaves the followmg equahon for MSE.

4 !
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MSE = S B{ X a0} + B{ TS Ko p BO By ()
. . k3$£0

This can be shown.to be the same as writing

+0  hoo m \
=m() [1 3 B+ -1

m==-0oQ

with M(f) defined as M(f) = E{XX}}/2T for uncorrelated input data and

Heof) = Bo(f) (82)

The MSE determined using these equations is the MSE associated with one ‘axis’
of the QAM constellation.
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APPENDIX C
CHERNOFF BOUND

The received signal is represented as:

+oo
rt)= Y Xuh(t —kT)-{-n(t)

k=—oc
X is the transmitted digit sequence
h(t) is the channel impulse response
n(t) is the noise after equalization

r(t) = Xmho + > Zp +n(t)

k70
Zr = Xonoihy
If we define Z =3 ko £k T n(t) then as shown in reference [39) and in the diagram
below an error-occurs if (Z < A,) for the symbol {X,, = N — 1}, and if (Z > h,)
for the symbol {X,, = —N +1}. An error occurs for either of these Z conditions
for symbols other than {X,»= ~N + 1, N — 1}. Thus if we note that P(Z > h)
P(Z < k) due to symmetry the error probability per symbol is :

. AN -1
P = error probability per symbol = (—Jﬁ—)P(: > h(0)) (83)
. I 1
N+ N+3 ©A . I3 N-3 N-1
o) ©C eteo0e. O ' © ' O ¢ e8 O o)
e
2hg I

FIGURE C.1 Simple Pam Constellation. The spacing between symbols is ‘?f
and only real valued symbols are transmitted.

{
!

Saltzberg shows that tmﬁ‘a‘b‘xﬁt}r of error can be written as:

P(Z > h(0)) < E{e™} E{e=**®} T] B{erZ(-4T)) (84)
~ k340
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Each of these expectations can be found wh.ich results in the equation:

P(Z > h(O)) < exp(—sh(O) + 39 2g2 Z he + -3 ol 4+ 58 no)
E#£0

-

If this formula is optimized with respect to s the resulting approximation is :

~1n2 - '
P(Z>h(0))<exp( S haa m) - (85)

which can be approximated with a Q function :
k(0)

) L

ng in this case represents the thermal noise contribution
o2 represents the noise contribution
ol rep;esents the input data A ’
hi is the channel impulse response (including the eﬁ'ect of feedback in the case
of decision feedback)
hg is the overall channel response at time t=0

For real, uncorrelated input data:

+oo ) -
oI =E{ Y XpX,e #2mHT} . (87)
k=—cc N

The noise term is simple the autocorrelation at time t=0 as discussed previously in

Appendix A:
| | +°°_ .
htno=En 0} = RO) = [ NHIE( & (88)

Thus the denominator of the Q function operand is equal to the square root of the

MSE error formula developed earlier.

For the simple constellation above the probability of a symbol error is written:

P_Z(N DQ( ;IOSE) (89)
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S
In the case of QAM transmission the input data X is complex. We are able to -

treat the I and the Q channels separately as long as the mean squared error is cal-
. culated with consideration given to the possible influence of the quadrature chan-
nel. We ai‘e considering only symmetric constella'tions; and independent, uncorre-
lated data points so the factor by which the probability of error P(Z > h(0)) is
multiplied to determine the symbol error is the same in both the ‘I’ and the ‘Q’
dirgctions. Thus if the probability of error is calculated using the bound just devel—
oped it is necesséry to consider the ‘one dimensional’ cha;acteristic of the calcula-
tion. That is,.when the modulation indek M(f) is calculated, a factor of 2 must be
introduced to ensure the M (ﬁ\xalﬁé'gé the same as that which would be achieved
if only one dirnension in the constellation were considered. For QAM systems the
M(f) term which appears in the MSE calculation is :

+oo E(XkX:)e—j2kaT.)

M(f) = (=== (90)

The probability of a symbol error can be calculated for the I or the'Q channel of a
" QAM system. Since the probability of error P(Z > h(0)) is the same for both the

I and Q ‘directions’ the probability of a symbol error for the QAM system can be
determined by multiplying P(Z > h(0)) by a constant K. which is determined for
each constellation.

PAM SYSTEMS

For both carrier PAM and QAM systems the noise contribution in the mean squared]]
error ca.lcula.tlon 1S mult1phed by a factor of 1/2 due to the effect of demodulation.
Thus instead of equation (88) we have equation (91).

- +oo
7htno = 3BO}<RO)= 5 [ NOIEG (o)
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FIGURE C. 2 Symmetric Constellation. Either 'rectangular or ‘cross’
constellations may be used.

N(f) T gjwet

-FIGURE C. 3 Noise/ Recewer effect. The noise contribution to the MSE is
calculated after demodulation ha.s taken place.
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APPENDIX D
~ SIGNAL CONSTELLATIONS
_The constellation of a signal set provides-two piec&é of information which are nec- |
essary in order to calciﬂate_the bit error rate. A factor related to the probability

of a symbol error and the average energy in a signal must be determined from the °

constellation. The process for determining this information is brieﬁy described below.

p—

BASEBAND AND PAM.MODULATION

For basehand and PAM modulation the input data symbols {X)} are real valued.
They are & ed about 0 and for this analysis the distance betlween symbols is
normalized to 2. This distance is represented as 2¢ or 2k, in the formula used in this

thesis. A general representation of the real symbol set is given below.

H 1
N+1 N+3 -1 E 1 E 3 N-3 N-1
© O o0 0 O o] I O s e e O o
i l
[ ] 2h0 1

FIGURE D. 1 General ‘Real’ Symbol Representation.

The value N is the number of symbols and M is the number of bits each symbol
represents. . ' .
N =2M

A decoding error occurs if the demodulator decides on a symbol which was not
transifitted. This occurs if the error in the signal exceeds k. The probability of
this cccurring is determined using the equations developed previously. In the general

model, for symbols other than the two on either end, an error can occur in two

-90 -
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Jdirections. For the symbols on the end an erx:or can only ‘occur in oﬁe direction.
Therefére if the transmission of each symbol is equally likely the overall probability

of a decoding error occurring is given by-(92).

Y P=2(N —1)P(error > ho)/N o (92)

A’measure of the average energy in the constellation is required in order to determine
the MSE. If the symbols are represented by X, where X,, can have any value in the
set {V—1,N —3,...,—N + 1} then the average energy is given by (93).

N-1 M
Energy = »  {X}}/N (93)
: k=—N+i
assuming each symbol is equally probable. This value is also equal to the my value
in the M(f) equation if the symbols are uncorrelated. The energy of this symbol set
can be approximated by (94). '

Energy ~ 4™ /3 T (94)

QAM MODULATION

QAM modulation requires symbols represented by complex values. The I and the Q
channels provide parallel transmission and for each-symbol interval T two pieces of

information are sent. All QAM constellations in this thesis were symmetric about
the I and the Q axis. _ o B

The spacing between symbols remains equal to 2 -and-is represented by 2a or
250. Due to the'symmetry of the-constellation the MSE is the same in both the I
and Q channels. It is therefore possible to determine the probability of a symbol
error by simply studying one channf,l. Except for symbols on the outside edge of the
constellation an error can occur in any’of four directions. If P(error > ho) represents
the probability of an errdr occurring in one direction the probability of one of these

inside sym:bols being in error is equal to 4P(error > hg). This must be tempered by

L
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FIGUR.E D. 2 General QAM Constellation. The transmitted symbols are rep-

- resented by complex numbers in .order to account. for both the I and the Q
channels. ' '

<,

‘ the probability of that symbol being transmitted. Depending upon the positioning of ;
the outside symbols their probability of error can be multiplied b},; t;vo or three. It is
necessary to consider each constellation separately when determining the K, factor.
The K, factor ranges from a low of 2 for 4 symbol QAM to a maximum of 4 as the

number of symbols increases. ‘

The energy of the constellation must also be determined for each systerm. It can

be approximated by (95).

: N/Z oo
2:—1
Energyqamy =2 (__J—V_) (95)

i=1

Once again for uncorrelated data points this value is the my which is required for
the M(f) calculation. .



APPENDIX E

— - PROGRAM LISTING

Two program listings are included. The first is the program used to calculate the
performance of a baseband transmission system. The required input is the message
spectrum E{XoX;} and the estimated channel end frequency. The K, factor is cal-

culated based upon the M value (equation (25)). The probability of error is calculated -

based upon the Chernoff bound. The bandwidth which is entered is the subchannel
end frequency including the excess bandwidth® That is, the 1.2 /T bandwidth is re-
quired for the 20% raised-cosine system. The filter characteristic is determined in
the subprogram SNRBASE.PAS. The output as it appears in this listing provides
thé MSE and probability of error for linear and decision feedback equalizef systems
occupying the specified bandwidth. An iterative process is used to determine the
bandwidth for that choice of M which results in 2 probability of error of 107¢. Also

listed is the breakdown of the ISI, white noise and crosstalk contributions to the
MSE.

The second listing is for QAM systems. The difference from the first program exists
in in the baseband equivalent channel land in the routine which retrieves the chan-
nel attenuation values. This program has the option of estimating E{XoX}} using
equation (1). This would result in non-integer values for M, a fact which must be
. considered in determining system throughput. Also included is the SNR program for

e carrier systems using the 20% raised—cosine filter.

Thé subprograms are:

SNRBASE.PAS - determines the channel attenuation and crosstalk characteristic at
f, where f is some frequency in Hz.

COMPLEX.PAS — complex number handling routines

POWER.PAS - returns a variable raised to the power 1

FFTPART.PAS - calculates the Fast Fourier Transform and the inverse FFT

$
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iprogram msebascl.pys;}

{ This program calculates the mean square ¢rror of a baseband PAM system .
based on the signalllng frequency, the background nolse and the crosstalk.

(The MSE 1s calgulated assuming optimal equalization with an 1n£1nfte delay
Jine for the case of declsion £eedba?k.

The probability'bf error is calculated using a Chernoff bound.}

{fupdated april 17 88}

type grump = arrayl(0..200]0f real;

const WhlteNoise = 2, Se-li'

var
>justan1nteger NumOfSamples,n, i1, iLast,m,i,1New, 1Start, marker: integer;
FoldedFreq,AbsFreq,DFMSE, xtalk T, quse sum,HessageSgecxrum :real;
Freq,UO,suml,ProbOfErroiFactpr,NumbbrOfLevels,Power.real;
ChanEnd,Qfactor,ProbOfBrror,FilterRes,df,PrevChanEnd, ak2:real;
XtalkNolse,LinEq,OverallChanResponse,DFEq,ChanResponse,Nolge,g,gl:grump;
Df1 Isum,LinISIsum,LlnNolseSum,HhiteNo1sePowerLim,ImpulseResAtZero real;
justanumber,BlitsPerLevel,PowerLimitingFactor:real;
Lin talkNoiseSum,LithiteNoiseSum,DFXtalkHOiseSum real;
DFWhiteNoiseSum, £d,DFMSE]l, DFMSEshortFormSum,LinMSEshortFormSum:xeal;
DFNoiseSum,FregqLimit,sumd,sumh,d&,cd:xeal;
ComplexMatrix:vector;
ComplexZero:complex;

(LRI RAARRRRRNRRR SNSRI IRXLL LIRSS ERRRR] | s

{obtain the system parameters}
{Output: channel frequency limits, data sequence information}

begin : '
writeln(' what is the autocoezrelation of the input data?');
readln{ak2);

writeln{' what is the number of levels?');
readln(NumberOfLevels);

" BitsPerLevel:=1ln{NumberOfLevels)/1n(2):;
ProbOfErrorFactor:=2%* {NumberOfLevels- 1)/Number0£Levels,
writeln(' what is the estimated channel end?');
readln(ChangEnd);

PrevChanEnd:=0.0;

{ttt*tttttl’tttttt!!tttt!ttttttt!t*t*t!tttt***!tt}
{0btain the channel parameters}

{Input: channel limits, data sequence information}
{Cutput: channel response, noise}

while (ChaniEnd<>PrevChangEnd} do begin
ProbOfError:=0.0;
marker:=0; N



3

PrevChanEnd: ;ChanEnd--
Justanumber:=0;

Impulseaesntzero'ao 0; ‘
(1+F11terRollo££)/(2'(Chansnd)),
HessageSpectrum:uakZ/T,

PowerLimitingFactor:=MessageSpectrum/(T*0. 25), - .
WhiteNoisePowerLim:=WhiteNoise*PowerLimitingFactor;
df:=(1/T)/32;

Power:=0.0;

if (odd(trunc(32*(1+FilterRollo££}))) then
NumOfSamples:=trunc(32*(1+FilterRolloff))~1 else

NumOfsamples:=trunc(32*(1+FiltexRolloff)};« . .

FreqLimit:=d£*( (NumOfSamples div 2)-0.5);

. NumOfSamples:=NumOfSamples-~1;

gﬁuteln{NumofSamplgs),

Freq:=-FregLimit; o,
for 1:=0 to (NumOfSamples) do begin

: AbsFreq:=abs(Freq);
snr{AbsFreq,Xtalk, ChanResponse[i] FilterRes , T);
Pulse:=1.0;
Noise[il.=VhiteNo1sePowerL1m+MessageSpectrum*xtalk*sqr(Pulse);
XtalkNolsell]: =Hessage8pectrum*xtalk*sqr(Pulse),
Power:=Power+sqr (Pulse*FiltezRes);
Freq:=Freq+df;
delay(300);

end?y

writeln(' finished with snr' ),

Power: -Power*ﬁessageSpectrum‘df/PowerLimitingFactor,

.[itt*tf!tttt**tttttttt*l’ttt‘!t!ttttttttitttt!ttt}
{Calgculate the fcoclded sum}

{Input: channel response, nolise}
{Output: folded sum}

11'-0-
DFHSEshortFormSum =0.0;
sumh:=0.0;

sumd:=0.0;
LinHSEshortFormSum:=0.e;
suml :=0.0;
Freg:=-FregLimit;

while (Freq<= FreqLimit) do begin
sum:=0.0;

{t*tttttt!!!!tt!!tttttt*tt*ttttttt*tttttt!tt!t}
{If *£' is close to zero average in the null}l

1£f (Freg< df}) and (Freg>-df) then Dbegin

sumd:=0.9; .
dfd:=0.2;
sumh:=0.0; d ' !

iNew:=round((Freg+FreqLimit)/df);
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1£ (d£<=100.0)then begin
fd:=2d£4/2.0; '
while(£d<df) do begin
cd:=le-30+exp(15%1n(£d/(£3+12)));
1£(£d=d£d/2.0)then becin
sund:=sund+1ln(l/MessageSpectrum); )
3umh.=sumh+uoise[1New]/(Noise[1New]/HessageSpectrum),
end;
1£(£4<>d£4/2.0) then begin
sumh--sumh+Noise[1New]/(Noise[1New]/HessageSpectrum+cd),
;umd =sumd+ln(l/MessageSpectrum+cd/NolseliNewl);
end;
£d:=dfd+£4;
end; .
sumh:=sumh*d£d; -
sumd : =sumd*d £4;
end; '

1£(d£>100.0} then begin
£d:=4£4/2.0;
while (£4<100.0) do begin
cd:=1e-30+exp(15*1In(£d/(£4+12)));
sumd:=sumd+in(l/MessageSpectrum+cd/NoiseliNew]);
sumh =sumh+Noise[1New]/(Nolse[iuewl/HessageSpectrum+cd),
£d:=£4+d£qQ;
end;
sumh:=sumh*d£d;
sumd : =sumd*d£4;
sumh:=sumh+(d£-100.0)/(1/MessageSpectrum+
ChanResponse[iNewl/Noise[iNew]);
sumd:=sumd+(3d£-100.0)*1n(l/MessageSpectrum+
ChanResponse[ iNew]/Nolse[iNew]);
end°

sum:=sumh/4f;
sum:=1/sum;
glil:zexp(sumd/4ef);
glilli:=sum; '
LinEqllil:=T*(sqrt(gllil-1/MessageSpectrum))/
(gllil*sqrt(Noise[iNew]));
ComplexMatrix[il)l.re:=(sumd/df);ComplexMatrix[(il).im:=0.0;
i1:=11+1;
1=i+1; .
DFMSEshortFormSum: =DFMSEshortFormSum+2*sumd/4d£f;
LinMSEshortFormSum: =LinMSEshortFormSum+2/sum;
Freq:=Freq+2%*4f;
gli]:=exp{sumd/df};
glf{il:=sum;
LinEgli]:=T*sqrt(glli] I/MessageSpectrum)/
(gliil*sqrt(Noisel[iNewl)};
ComplexMatrix([il]. re'=(sumd/d£) ComplexMatrix[(il].im:=0.0;
11:=i1+1;
1:=1+1;
end;
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“ —
{tttt!t*!ttttttt*lt*ttttit*!tt!*tt!tittt!*t*tt}
{If£ *£' 13 not close to zeroil

sum:=0. 0'

for m:=-1 to 1 do begin
FoldedFreq:=Freq+m/T;
iNew:=round ((FoldedFreq+FreqLimit}/d4£f);
{£(iNew <= NumOfSamples)and (iNew >= 0)and(Noise[iNewl]>0. O)then begin

sum:=sum+sqr (Pulse) *ChanResponse(iNew]/Nolse{iNew]};

end;,

end;

sum: —sum+1/(nessage8pectrum),
glil:=sum;

gl[i] =sum; ' '

1f (Freg>=(-1/(2%*T)}) and (Freq( {(1/(2*T))) then begin
if (marker<l) then istart:=i;
iLast:=1;
ComplexMatrix{ill.re:=ln(sum); ComplexHatrix[il] im:=0.0;
11:=11+1%; ~
marker:=1; -
DFMSEshortFormSum: =DFMSEshortFormSum+lin(sum);
LinMSEshortFormSum:=LinMSEshortFormSum+l/sum;

end;

LinEq[il.-T*sqrt(ChanResponsetll)/(Noise[i]*gl[l]),

Freq: -Freq+df

1:=1+1;

end;

{****t**t*t**tt*f!*ttt*l**tt***ttt*ittti*t*!!t?}

{Spectral Factorlization}
{Input: folded sum}
{Qutput: spectral factor}

m:=5;

n:=32;.

writeln('£first twiddle');

twiddle(ComplexMatrix,m);

writeln('£££');

fft(ComplexMatrix,m);
ComplexZero.re:=0.0;ComplexZero.im:=0.0;
addc(ComplexHatrix[Ol ComplexMatrix((n div 2)1, cOmplexMatrixIOI),
ComplexMatrix(O]. re:-ComplexHatrix[O] re/2.0;
ComplexMatrix(0]. im°-Comp1exHatrix[0].1m/2.0;
UO:=exp(ComplexMatrix[(0]l.re/32);

for i:=(n div 2) to n-1 do ComplexMatrixilil]: =cOmplechzo,
writeln('inverse twiddle');

twiddle (ComplexMatrix,m);

writeln('inwerse ££t');

ifft(ComplexMatrix,m);

for 1:=0 to n-1 do Complexnafrix[i].re:=éxp(Comp1exMatrixt1].re);
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[!*It**it*l*!!!‘*i!ttt*t*t***tttt!t!**!t!t!t;**} ™~

{Calculate the decision feedback equalizer values}

{Input: spectral factor, channel response}
{Output: equallzer response}

for 1:=0 to (iStart-1) do begin
DFEqli):=T*sqrt(ChanResponse(i])*Pulse/
(Nolse(i1*UO*ComplexMatrixi(31-(istart-1-1))1. re)}«)
OverallChanResponsell):=sqrt(ChanResponseli])*Pulse*DFEqli];

émpulseResAtZer0°=ImpulseResAtZero+0vera1IChanResponse[1l,
end;

" for i:=iStart to iLast do begin
DFEq(l]:=T*sqrt(ChanResponsel(l])*Pulse/
(Nolsell1*U0*ComplexMatrix((i-iStart)i.re);
OverallChanResponse[l]'=sqrt(ChanRe5Ponse[1])*Pulse*DFEq[l]-
T*(ComplexMatrix[(i-istart)l.re,U0-1);
justaninteger:=(iLast-1start) div 2;
if (i>(istart+trunc(justaninteger-1)))and
(1<=(istart+trunc(justaninteger+l))) then begin
DFEqQ[i1]1:=T*(sqrt{(gli]-1/MessageSpectrum)*tsgrt(Noiseli]l))/
(Noise(il1*UO*ComplexMatrix[(i-iStart)).re); '
OverallChanResponse[i):=(sqrt(glil-1/MessageSpectrum)* 1)
sqrt(Nolsel(i)})*DFEqQ(i]-T*(ComplexMatrix((l-istart)].re/Ul~1);
end;
ImpulseResAtZero:=ImpulseResAtZero+OverallChanResponse(il];
end;
for 1:=iLast+l to NumOfSamples do begin
DFEqii]l:=T*sqrt(ChanResponse(i])*Bulse/
{Noise{i]l*U0*ComplexMatrixi(i-(iLast+l))].xe);
"OverallChanResponse(!]:=sqrt(ChanResponse(l])*DFEq{i]*tPulse;
ImpulseResAtZero:=ImpulseResAtZero+OverallChanResponse(i];
end; N
q

{*!**tttf?!t**t**tttttt***tttt**t*ttt**ttt!t**t}
{Calculate the components of the MSE contribution} ¥

DFNolseSum:=0.0;
DfISIsum:=0.0; v
LinISisum:=0.0;
DFWhiteNoiseSum:=0.0;
DFXtalkNOlseSum:=0.0;
LinNoiseSum:=0.0;
LinXtalkNolseSum:=0.0;
LinvhlteNoiseSum:=0.0;

Freq:=~-FregLimlt;
justaninteger:=NumOfsSamples+l;
Justaninteger:=3ustaninteger div 2;
for 1:=0 to NumOfSamples do begin.

{XREEERERARX IR ANREREAE XA RAANE RN R R NE]
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_’{. *_.. \ S

{Noise factors} _
{Input: equalizer response, nolsel

{output: noise integrall

DFwhiteNoisesum:=DFWhiteNolsesum+
WhiteNoisePowerLim*sqr(abs(DFEqiil)));
DFXtalkNOlseSum:-DFXtalkNOises§m+
XtalkNoise[i]*sqr(DFEq(i])
LinxtalkNoiseSum:=L1nxta1kuoise8um+ 7
¥talkNolise(il*sqgr(LinEqlil);
LinwhiteNoiseSum:=LinWhiteNoiseSum+
WhiteNolsePowerLim*sgr{LinEqQil});
LinNoiseSum:=LinNolseSum+Noiseiil*sqr{abs(LinEq{ll));
DFNoiseSum:=DFNolseSum+Noise([i)*sqr(abs(DFEq(11));

{t**tt*t*******t*t*t*t*ttt**t*tt*t**t*tttt*!*t}

{ISI contribution}
{Input: equalizer, channel responsel
{Output: ISI integrall

sum:=0.0;
suml:=0.0;
if (Freg<(l/(2*T))) and (Freq>{(-1/(2*T))) then begin
for m:=-1 to 1 do begin
FoldedFreqg:=Freg+m/T;"
iNew:=round( (FoldedFreqg+FreqLimit)/d£);
if (iNew <= NumOfSamples) and (iNew >= Q) then begin
sum:=sum+DFEQ[iNewi*sqrt(ChanResponse({iNew])*Pulse;

end;
end;
if (Freg<df)and (Freg>-df) then begln
iNew:=round{ (Freq+FreqlLimit)/df);
sum:=DFEqQ(iNew]*(sqrt(gliNew]-1/MessageSpectrum)*
sgrt(Nolse[iNew]));

suml: LinEq[1New]*(sqrt(g1[iNewl l/HessageSpectrum)*‘

sqrt(NolseliNewl});
end;
sum'-sqr(sum-T*ComplexHatzlx[(1 -istart)l. re/UO),
"suml:=sqgr(suml-T);
end;

Freq'zFreq+d£,

LinIsSisum:=LinISIsum+suml;
" DEISIsum: DfISIsum+sum,
end;

{ttt**tt******tt!t*!*ttti**!f*t**ft***iit!ttt**}
{MSE totall

DFNoiseSum:=DFNoiseSum*df;
LinNoiseSum:=LinNoiseSum*df;
DFWhiteNoiseSum:=DFWhiteNolseSum*df;
DFXtalkNOiseSum:=DFXtalkNOiseSum*df;
LinXtalkNoise$um:=LinXtalkNoiseSum*df;
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LinwhiteNoiseSum:=LinWhiteNoiseSum*df;
LinIsIsum:=LinISIsum*df*MessageSpectrum;
DfIsSIsum:=DfISIsum*df*NessageSpectrum;
DFMSE:=DfISIsum+DFNoiseSum;

DFMSEl :=T*exp(-T*d£*DPMSEshortFormsSum);

{ttttlt!!t'lttttt*tttiilttttt*tit!ttttt!!iit!**t}
{Output routine}

writeln(' The decision feedback MSE is ',DFMSEl);.
writeln(' noise = ' DFNoilseSum,' ISI = ',DEISIsum,

.' long form calculation MSE. = ',DFMSE);
writeln(' The white noise contributlion 1s ',DFWhiteNoiseSum);
wrliteln(' The crosstalk contribution is ',DFXtalkNOiseSum);
writeln(' Short form mse = ,T/sq:(UO)),
wrlteln(' Impulse Response at f=0 = ',ImpulseResAtZero*df);
writeln(' ');
Qfactor:=ImpulseResAtZero*df/sqrt (DFMSE);
q(Qfactor,ProbOfError);
ProbOfError :=ProbOfErrorFactor*ProbOfError/BitsPerLevel;
writeln(' Channel End = ',ChangEnd:9,' 1/T = ',(1/T):9,

' Pe = ', ProbOfBrror:10); . -

wrilteln(' ');writeln(' ');

.writeln(' Linear MSE = ', (LinISIsum+LinNoiseSum});
writeln(' Short form MSE = ', (sqr(T)*LinMSEshortFormsSum*df));
writeln(' The ISI contribution is ',LinISIsum,

' the nolse is ',LinNoiseSum); :
writeln(' The white nolse contribution is ',LinwhiteN um) ;
writeln(' The crosstalk contribution is ',LinXtalkNot'seSumy;
writeln(' ');
Qfactor:= 1/sqrt(LinISIsum+L1nNoiseSum),
g(Qfactor,ProbOfError);
ProbOQfError:=ProbOfErrorFactor*ProbO£fError/BitsPerLevel;
wrliteln (' Channel End= ',ChanEnd 9,

''1/T = ', {(1/T):9,' Pe= ,ProbOfError),
writeln(' ');writeln(' ');

sound(1200);

delay(50); /

nosound; T

writeln(.' Signalling Rate P ', (BitsPerLevel*(1/T)}:10,"' bits/s'}; .
writeln(' '}; N

writeln('do you want to chanq? the channel end frequency? ',ChankEnd);
readln(justanumber);
i€ justanumber>100.0 then ChanEnd:=justanumber;

end; \
writeln(’ o
writeln(' Power = ',Power:10);
writeln(' '); -
writeln(' ');
end.
*
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{*tt*t*l!ttttttttt!!ttttl!tttt!!t*tt*litlttt!ltttt}
{subprogram snrbase.pas}

{Input: frequency}

{Qutput: channel attenuation}

| {update Oct. 23

}

const pi = 3.1415926;

Length=

4.8;

FllterRollof€ = 0.2;

procedure loss(var Freq,Attenuation:real); {£ind the attenuation at a certai:

type b=arrayfl.
var i,ip,inew,p
"CA,FR:b;

begin

CAlll:=2.45

CALl 3):=2.45
CAl 5]1:=2.45
CA[l 71:=2.45
CAl 9):=2.45
CAlll1:=2.45
CA[13]:=2.45
Call5]1:=2.92

CAlIl71:=4.1

CA[l191:=6.5

Cal[21]:=8.692
cal231:=11.50
CA[251:=15.29
CAf271:=17.73
CA[291:=20.67
CA[311:=29.26
CAl[33]:=41.2

CA[35]:=58.35
CAl371:=92.53

p:=0;

1:=1;

while (p < 1)
if (Freq >=
if (Freq <=
1 (Freq <=

Ci:=141;

end;

.40l0f real;

sinteger;

;FRI 11:= 1.0 ;CAL 21:= 2.45 ;FR[ 21:= 5.0 ;

;PR{ 3P:=10.0 ;CAL 41:= 2.45 ;FR[ 4):= 15.0 ;

;PRI 5):=20.0 ;CAl 61:= 2,45 ;FR[ 6]:= 30.0 ;
;FR{ 71:=50.0 ;CA[ 8):= 2.45 ;FR[ 8]:= 70.0 ;

sFRI 91:=1060.0 ;CAL10]:=2.45
3 FRIL11:=200.0 ;CA(12]1:=2.45
;FRI131:=500.0 ;CAll4):=2.45
;FR(15):=1000.0 ;CAL161:=3.57
;FRI[171:=2000.0 ;CAl18]:=4.995
;FRI19]:=25000.0 ;CAL20):=T7.422
;FR1211:=10000.0 ;CAl22]1:=10.294
3;FRI{23]1:=20000.0 ;CA[2437:=13.232
;FR[25]:=50000.0 ;CA{26):=16.5
;FR(271:=100000.0 ;CA(28]:=19.25
;PR{291:=200000.0 ;CAI30]1:=23.59
;FPR(311:=500000.0 ;CA[32]:=34.48
;FRI33]1:=1000000.0;CAL34):=50.49
;FRI35):=2000000.0;CA(36]:=71.55
;FRi371:=5000000.0;

do begin

FR{1]) then ip:=i;
FRI(1+1)]) then lnew:=1+l1;
FRI(1¥TY]1) then p:=1;

Attenuation:=(Length/1.6)*({{((CA[inewl-CAllpl)/
(FR[inew!l-FRI[ipl)})*(Freg-FR(ip1}))+CAllip]l);

end;

- 101 -

;FPRI10]:= 150.0
JPRI12):= 300.0
;FR[14]1:= 700.0
;FRI161:=1500.0
;FR[181:=3000.0 "
;FRI201:=7000.0 ;
;FPRI221:=215000.0
;FR(241:=30000.0
;FR{261:=70000.0
;FR(281:=2150000.0;
;FR[301:=300000.0;
;PR(321:=700000.0;
;FR(341:=1500000.0;
;PRI(361:=3000000.0;
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{t!tt*tt**ttttt******tt*!tti***t*t*ttt**t***t*t!!}

-{SNR procedure!}
{Input: frequency, center frequencyl
{Qutput: crosstalk factor, channel response, f£llter response}

procedure snrivar Frcq,xtalk,ChanReS,FilterAtf,T:real);-

var tpf,Attenuation:real;

begin
loss(Freq,Attenuation),
tpf:=sin(pl*T*(Freq-1/(2%*T))/FilterRolloff);

1£(Freq>({1-FilterRollof£f)/(2%T)))and )
(Freq<((l+FllterRolloff)/(2*T)))then FilterAtf:=(1- tpf}/2 else

{1f(Freq<((1-FilterRollof£f)}/(2*T)))then FilterAtf:=1.0 else

FllteraAt£:=0.0; :
ChanRes:-sqr(FilterAtf)*exp(( Attenuation/lO)*ln(lO)),
if (Freq<l00) then ChanRes:=1e=30+exp(1l5*1ln({Freq/(Freg+l2}));

xtalk: -sqr(FilterAtf)*O 632e-13*exp(l 5*1n(Freq)};
end;
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v
{It*t*ttt*!It!!**lI‘Qitttlttttttt!t!!ttttttttttttt}

{subprogram complex. pas}
{W.F. McGee}

const dbcon = 4.3429448190;
phasecon=57,295779513;
twopl= 6.2831853072;

type complex=record re,im:real end;

procedure addc(a,b:complex;var c:complex);
{c:=a+b}
begin
c.re:=a.re+b.re;
c.im:=a.im+b.im
end;

procedure subc(a,b:complex;var c:complex);
{c:=a-b}
var temp:complex;
begin
c.re:=a.re-b.re;
c.im:=a.lm-b.im
end;

procedure equalc(a:complex;var b:complex);
{b:=a}
begin
b.re:=a.re;
b.im:=a.im
end;

procedure makec(x,y:real;var c:complex);
{z:=x+Jjy}
begin
c.re:=x;
c.im:=y
end;

procedure conjugate(a:complex; var b:complex);
{b:=a*; 1f a=x+J]y then z=x-jy}
begin .
makec(a. re,-a.im,b)
end;

procedure multc(a,b:complex;var c:complex);

{c:=azxb}

var tl,t2:real;

begin
tl:=a.re; t2:=b.re;
c.re:=tl*tzi-a.im*b,im;
c.im:=tizbh.im+t2%a.im

end;

procedure dive(a,b:complex;var c:complex);
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{c:=a/b} )
var den:real;temp:complex; o
begin _ : ‘ .
den:=b.re*b.re+b.im*b.im; -
conjugate(b, temp);
multc(a,temp,c);
c.re:=c,.re/den;c. 1n.=c im/den
end-_ _ .
functlon angle(z:complex):real;
{angle(z) in radlians}
begin
with 2 do begin
if (ze=0.0) and (im=0.0) then angle:=0.0
N else if (re=0.0¢) and (im>0.0) then angle‘=THOPI/4
else if (re=0.0) and (im<0.0) then angle:=-TWOPI/4.
else {f (re<0.0) and (im>=0.0) then angle--arctan(1m/re)+TUOPI/2 0
else if (re<0.7) and (im<0.0) then angle: -arctan(im/re)—TUOPI/Z 0
else angle:=arctan({im/re)
end
end;

function amag(z:complex):real;
begin

amag:=sqrt(sqgr(z.re)+sqr{z.im))
end; |

procedure polarc{(z:complex;var dB,deg:real);
{magnitude (in dB) and phase (in degrees) of z}
var temp:real;
begin
temp:=sqr(z re}+sqgr(z.im};
db :=1ln(temp)*DBCON;
deg:=angle(z)*PHASECON
end;.

{tttttttttttttttt‘lt!!ttt!*lttt!tt*tttt*tttt*tt!,t].
{subprogram power.pas}

function power2(i:integer):integer; -
begin

if 1<=0 then power2:=1

else power2:=2*power2(l-1)
end;
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{*tl!t*!*!tlﬂ!‘*‘tt!Ii’!t!'lltI‘Qtll'tttltllti!ti!}

{subprogram f£ftpart.pas} :
{based on Oppenheim and Schaefer} L

type vector=arrayl(0..512lof complex;
procedure twiddle(var a:vector;var m:integer);
{twiddles the vector elements}
var n,i,nhalf,j, k:inteqger;
.temp:compliex;
begin -
n:=power2(m);
nhalf:=n div 2;
J:=0;
for 1:=0 to n-2 do begin
1f£ (i<3) then begin
_ temp:=aljl;alJjl:=all};alll:=temp
end;
k: -nhalf;
while (k<{3+1)) do begin
Je:=3-k;k:=k div 2
end;
J:=d+k
end
end;

procedure f££t{var a:vector;m:integer};
var n,i,3.,1,1le,1el,ip,nl:integer;
u,w,t:complex;
begin
n:=power2(m);
nl:=power2(m)-1;
for 1:=1 to m do begin
le:=power2(1l};
lel:=le div 2;
u.re:=1.0;u. 1m.=0 0;
w.re: scos(pillel) w.in --sin(pl/lel),
for 3:=0 to lel-1 do begin
1:=3;
while (i<=nl) do begin
ip:=i+lel;
multc(alipl,u,t);
subc{allil,t,alipl);
addc(alil,t,allil);
l1:=1+]e
end:
multciu,w,u)
end
end
end;

procedure iffé%;:;>a:vectoz;m:integez);

var n,%4,3,1,1e,1lel,ip,nl:integer;
u,w,t:comp.ex;

begin
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n:spower2(m);
n1°-power2(ms -1;
for 1l:=1 to m do begin
le:=power2(l);
lel:=le div 2;
n.re:=1,0;u.im:~0.0;
w. re-=cos(pille1),w.1m =sin(pi/lel);

for J;-O to lel-l do begin
L4
while (1<=nl) do begin
ip:=1l+lel;
multc(alipl,u, t);
subc(afll,t, alipl);
addc(alil, t,atil));
f:={+le
end;
— multc(u,w,u)
end; .
end;
for L:20 to n-1 do begin
afil.re:=alil.re/n;ali).im:=afi]. im/n,
end;
end;
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{program MSchl.pas-}

{This program calculates the mean square error of a pacsband QAM system .
based upon the signalling frequency, the background noise and the crosstalk

The MSE is calculated assuming’ optimal equalization with an infinite delay
line £or the case of decision feedback. C

The probabillty of error is calculated using a Chernoff bound.}
{updated Oct. 26 }

LY

const WhiteNolse = 2.5e-14;

var NumOfSamples,n,justaninteger,ilast,m,i,iNew,iFirst,marker:integer; /
DFISISum, DFNoiseSu& FoldFreq,Frequuscarrie: MSE,ChanStartFreqg:real;
.Freq,xtalk T,Pulse,sum,MessageSpectrum:real;
justanumber, UO suml ProbErrorFac,Power ChanEndFreq real,
Qfactor, ProbOfError CentezFreq,Filterhtf df,PrevChanEnd,ak2:real;
LinMSE, Linsum,DFUhiteNoiseSum,DFxtalkNolseSum,0veza11ChanResponse reail;
WhiteNolsePowerLim,NumOfSymbols,PowerFactor,BitsperSymbol:real;
LinEqRes,XtalkNoiseRes,DFEqRes,ChanRes, Nolse PeriodlcFn:grump;

BasebandFreqLimlt,LinxtalksoiseSum,LithiteNoiseSum,LinISISum:real;
ComplexMatrix:vector;

ComplexZero:complex;

{!*t******t*******!*!I!t**!!*!!I****II!!*I*!I!I!*}

{Obtain the system parameters}
{Output channel freguency limlits, data sequence, information}

begin
ak2:=0.0;
writeln(' ');
writeln(' what is the autocorrelation of the input data?');
readln(ak2); ‘
writeln(' what is the probabllity of error factor?'};
readln(?robBrrorFac):
writeln('how many symbols?');
readln(NumOfSymbols); -
BitsperSymbol'=1n(Num0£Symbols)/1n(2),
writeln(' what 1s the frequency starting po 2');
readln(ChanStartFreq);

writeln(' what lis the'estimated_channel end?');
readln(ChanEndFreq);

{ttt**tt****tttttt**t*ttt*****t!t***tt**t*t*t**!}
{Obtain the channel parameters} -

{Input: channel frequency limits, data sequence information}
{Output: channel response, nolse}

ProbOfError:=0.0;
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PrevChansnd =0.0;
marker:=0;
while (ChanEndFreq<>PreVChanznd) do begin

PrevChanBnd :=ChangndFreq; _ :

justanumber:=0.0; ’

Power:=0.0;

CenterFreQ'-(ChanEndFreq+ChanStartFreq)/2"
T:=(1+FilterRolloff)/(2*(CenterFreq-ChansStartFreq));

MessageSpectrum:=ak2/(2%T);

PowerFactor:=MessageSpectrum/(0. 25*T),

df£:=(1/T)/128;

Power:=0.0;

1f (odd(trunc(128*(1+F11terRollo££)))) then
NumOfSamples:=trunc(128*(l+FilterRolloff))-~-1 else
NumOfSamples:=trunc{128*(1+FllterRolloff));

justaninteger:=NumOfSamples div 2;

BasebandFreqLimit:=df£*(Justaninteger-0.5};

NumOfSamples:=NumOfSamples-1;

writeln(NumOfSamples);

Freq:=-BasebandFreqLimit;

WhiteNoisePowerLim:=WhiteNolsetPowerFactor;

for 1:=0 to (NumOfSamples) do begin
FreqPlusCarrier:=Freq+CenterFreq; .
snr(FregPlusCarrier,Xtalk,ChanRes[i] FiltgvAtf CentezFreq,T),
Pulse:=1.0;

. XtalkNolseRes({i]:=MessageSpectrum*Xtalk®*sqgr(Pulse);
Noise(1]:=WhiteNoisePowerLim+XtalkNoiseRes([1]; 14
Power :=Power+sqr(Pulse*FilterAtf);
delay(300);

'Freq--Freq+df'

end; _ :

writeln(' finished with snr'); - .

Power:-Power’df*Hessageopectrum/PowezFactor,

writeln('Power = ',Power);

1

{tt*!t!i!!!I*i!*l*tt****ttt**t******t**tt*!!!!!}

{Calculate the folded sum}
{input:- channel response and nolse}
{output: folded sum} -

1:=0;
Freq. -BasébandFreqLimit'
while {(Freq<= BasebandFreqLimit) do begin -
sum:=0.0;
for m:=-1 to 1 do begin
FoldFreq:=Freqg+m/T;
1New.=zound((Fo1dFreq+BasebandFreqLim1t)/df),
1f (iNew <= NumOfSamples) and (iNew >= 0) then
sum:=sum+sqr(Pulse)*ChanRes(iNew]l/Noise{iNew];
end;
sum-=0 S*sum+1/(HessageSpectzum),
PeriodicFnill]l:=sum;
if (Freg>=(-1/(2*T)}} and (Freq<=(1/(2*T))) then begin
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tf (marker<l) then iFirst:=i; ’

iLast:={; )
ComplexMatrix[i-iFirstl]. re'=ln(sum) ComplexMatrix[i- lFlrstl im:=0.0;
marker:=1; .
end; , -
Freq:=Freq+df;
1:=1+1; -
end; :

{t*tt*t;*ttttttt*itt*tt*ttt!!*}*ttttti!*f!!!tt*}
{Spectral Factorization} v

{input: folded sum} P

{output: spectral factoril

m:=7;
n:=trunc(exp(m*1ln(2))}; P

0vera11ChanResponse° 0.0; .

~writeln('twiddle'); - " |

twiddle(ComplexMatrix,m); '

writeln('££t');

fft(ComplexMatrix,m);

ComplexZexo.re:=0.0; ComplexZero im:=0.0;

ComplexMatrix{0]).re:=ComplexMatrix(0l. re/2 0;

ComplexMatrix{0l.im:=ComplexMatrix(0l.im/2. 0-

ComplexMatrix(n div 2].re:=ComplexMatrix{n div 21.re/2.0;

ComplexMatrixin div 2]).im: =ComplexMatrixin div 21.im/2. 0-

U0:=exp(ComplexMatrix(0]).re/128); ' :

for i:=((n div 2)+1) to n-~1 do ComplexMatrix(il: -ComplexZero,

writeln(' twiddling again');

twiddle(ComplexMatrix,m);

writeln('inverse f£t'};

‘ifft(ComplexHatrix m),

sum:=0.0;

suml:=0. 0,

for 1:=0 to n-1 do begin
'Copplexnatrlxlil.re:=exp(Comp1exMatrix[1}.re);

writeln(i,' ',sqr(ComplexMatrix{il.re)-PeriodicFn{i+iFirst]);
suml:=suml+ln{ComplexMatrixilil.re);. -
end; .
writeln{'(u0) ',1n(U0),' integral ', (T*df%*suml)); ﬁ

.

{*ttttii!!tttt**tt***ttttt***tttttl!!t!!!tttttt}

{Calculate the equalizer values} .
{input: spectral factor, channel response}
{output: equalizer response}

Linsum:=¢.90;
for 1:=0 to (iFirst-1) do begin
DFEqRes[i]'-T*sqrt(ChanReslll)*Pulse/(Noise[l]*UO* -

«
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cOmplexHatrlx[(127 (1First-1-1))l.re); -
-LinEgRes([i]: -T*Pulse*sqrt(ChanRes[il)/(Periodian[il*Nolse[ll),
OverallchanResponse:=QverallChanResponse+
0.5*Pulse*DFEqQRes( i 1*sqrt(ChanResilil]);
end; |
writeln('middle bit'}; ‘
for {:=iPirst to lLast do begin .
DFEqRes[i].=T*sqrt(ChanRes[il)*Pulse/(Noise[i]*UO*
ComplexMatrix{ (i-iFirst)l.re);
LinEqRes{1]:=T*Pulse*sqrt(ChanRes(i1])/(PerlodicFnli]*Noise(i]);
OverallChanResponse:=0verallChanResponse+ - '
0.5%*sqrt(ChanRes{]])*Pulse*DFEqQRes(1i]-
T*(ComplexMatrix[(l-iFirst)]).re/U0-1);
, Linsum:=Linsum+l/PeriodicFnii];
end;
writeln({'last bit'); '
for i:=iLast+l to NumOfSamples do begia
DFEqRes[il'=T*sqzt(ChanRes[11)*Pulse/(uoiselil'uo*
ComplexMatrix((i-(iLast+l})].Te);
LinEgRes[i]:=TfPulse®*sqrt(ChanRes{il])/(PeriodicFn{(i)]1*Noiselil]);
OverallChanResponse:=0OverallChanResponse+ -
0.5%Pulse*DFEqRes[i]*sqrt(ChanRes(i]);

end;

(R RN RN RN R AR AR AR RS ARRANRRRNNERN]
{Calculate the contributlons to MSE}

DFWhiteNoiseSum:=0.0;

DFXtalkNolseSum:=0.0; . .

DFNolseSum:=0.0; : -
IsinxtalkNoiseSum:=0.0;

LinWhiteNolseSum:=0.0;

LinIsIsum:=0.0;

LinMSE:=0.0;

Freq:-CenterFreq—BasebandFreqLimit'

{t*!ttttt*t*!t*t!!t!tttf!*i!*2!*!!!!2*!**!!****}

{Noisel}
{input: equalizer response, nolise}
{ovput: noise integral}

for 1:=0 to NumOfSamples do begin
DFWhiteNoiseSum:=DFWhiteNoiseSum+WhiteNoisePowerLim*sgr(abs(DFEqRes[i]
LinWhiteNoiseSum:=LinWvhiteNoiseSum+ . ~
WhiteNolsePouerle*sqr(abs(LinEqRes[i])),
DFXtalkNoiseSum:=DFXtalkNoisesum+XtalkNoiseRes{1]*sqr(abs(DFEgRes[11))
LinXtalkNolseSum:=LinXtalkNoiseSum+
xtalkuoiseRes[il*sqr(abs(LinEqRes[l!)),
end;
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DFNoiseSum:=0. 5*(DFHh1teNoiseSum+DFxtalkNolseSum)*d£-
DFWhiteNoiseSum:=0,S5*DFWhiteNoiseSum*df;
DFXtalkNoiseSum:=0,5*DFXtalkNoisesum*d€;

LinXtalkNoiseSum:=LinXtalkNolseSum®*d£*0.5:

s

LinWhiteNoiseSum:=LinWhiteNoiseSum*d£*0.5;

~

{!t**!*t!***t*!tt**ittttttt***t*ttttt*t**tt*t*t}
{ISI} :

{input: equaliZer, channel response}

{ouput: ISI integral}

DFISISum:—0.0,
Freq:=-1/(2*T)+0.5*3¢f;

:=0;
while Freq <= (1/(2%T)-0.5*df) do begin
sum:=0.0; N

suml:=0.0;
for m:=-1 to 1 do begin
FoldFreq:=Freq+m/T;
iNew.zround((FoldFreq+BasebandFreqL1m1t)/df},
1£-(iNew <= NumOfSamples) and {(iNew >= 0) then begin
R sum:=sum+0.5*DFEqQRes{ iNew]l*Pulse®*sqrt (ChanRes(iNew]);
suml:=suml+0,. S*LinEqRes[1New]*Pulse*sqrt(ChanRes[iNew]),
end;
end; .
DFISISum:=DFISISum+sqr {sum-T*ComplexMatrix[i].re/u0);
 LinISISum:=LinISISum+sqr{suml-T);
Freqg:=Freq+df;
t=i+l;
end;
DFISISum:=DFISISum*df*MessageSpectrum;.
LinISISum:=LinISISum*dft*MessageSpectrum; °

{t*********?’!I*i!!**!t****t!!******!*!*!**!*!*}
{MSE total}

MSE:=DFISISum+DFNoiseSum;
LinMSE:=LinISISum+LinXtalkNoiseSum+LinWhiteNoiseSunm;

3

{tttt*t*!ttttttlt!!t* t7&!!**!*1!****&**2**!!!!}
{Output routine}

writeln(' Impulse reéponse at t=0 ',OverallChanResponse*df);
writeln(' Nolse = ', DFNoiseSum,' ISI = ',DFISISum,
' Long form DFE MSE = ',MSE);
writeln('white noise = ',DFWhiteNoliseSum,
' crosstalk = ',DFXtalkNoisesum);
writeln(' short form MSE = ',T/sqr{(U0));
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Qgfactor: =abs(OveraIIChanResponse*df}/sqrt(T/sqr(UO)).
q(Qfactor,ProbOfError);

ProbOfError:=ProbErrorfFac*ProbofError;
ProbOfError: =Prob0£szzoz/BitsperSymbol
writeln(' Start frequency = ',ChanStartFreq,

' End freguency = ',ChanEndFreq);
writeln(' 1/T = ',(1/7}:9,' Pe= ',ProbOfError:10); N
writeln(' '); writeln(*' ');
writeln(' Linear noise = ',(LinXtalkNoiseSum+L1nwhiteNoisesum),
' JISI = ',LinISISum,' linear MSE = ,LlnHSE),
writeln('white noise = ',LinWhiteNoiseSum,
' crosstalk = ',LinXxtalkNoiseSum);

writeln(' short form MSE = ',sqr(T)*Linamm*df);

Qfactor:=1.0/sqrt(LinMSE);
qg{Qfactor,ProbOfError};
ProbOfError:=ProbErrorFac*ProbOfExror;
ProbOfError:=ProbOfError/BltsperSymbol;
writeln(' Start frequency = ',ChanStartFregq,

' End frequency = ',ChaneEndFreq);
writeln(' /T = ',(1/T):9,"' Pe=",Pro?0fError:10);

for i:=1 to 3 do writeln(' '); .
writeln(' do you want to change the Channel End Frequency?
+ProbOfEzrror,' ',ChanEndFreg);
readln(justanumber); .
- 1f Justanumber>100.0 then ChanEndFreqg:=justanumber;
end; .

eﬁd.
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.[tl‘*_t!!tiiti!il’t*tﬁ!**Itt!*It*t*i!ttit!***‘!*!.!!tt}'

{subprogram snrbase.pas}

{Input:

{Output: channel attenuation}

{update

const

procedure loss{var Freq,Attenuation:real);

freguency}

Oct. 23}

pl = 3.1415926;

Length= 4.8;
FllterRolloff

0.2;

type b=array(l..40])of real;

var i,ip,inew,p:integer;

CA,FR:b;

begin

CAl[1]):=2.45
cal 31

:=2.45

sFRI 11:= 1.0
;FRI 31:=10.0

:CAl 21:=

CA[ 5):=2.45
CAl 71:=2.45
CAl 91:=2.45
CA[11]):=2.45
CA[l13]:=2.45
CAl15]):=2.92
CA[l17):=4.1

CAl[l191:=6.5

CA[211:=8.692
Cal23]
CA[251:=15.29
CAl271:=17.73
CA[29):=20.67
CA[31):=29.26
CA{33):=41.2
CA{351:=58.35
CAl371:=92.53

l'""U
ol |} ll

0
1
1

[1 LTI N3

wh {p < 1)
if (Freq >=
1f (Freq <=

. 1f (Freq <=
1:=14];
end;

Attenuation's(Lengthfl 6)*{({(CAlinew

(FR({inewi-FRIipl))*{Freq-FRIipl)}
end;

;FR[ 53:220.0

;FRL 7)1:=250.0
;FRI[ 91:=100.0
;FR(111:=200.0
;FRI131:=500.0

;FRI1S]1:=21000.0
;FRI171:=2000.0
;FR(191:=5000.0
;FR1211:=10000.0
:=11.503;FR[23]):=20000.0
;FR{25]:=50000.0
;FR{271:=100000.0
;FR[291:=200000.0
;FR{311:2500000.0

;CAL 6]:= 2,45

;CAL 81:= 2.45
;CALL10]:=2.45
sCAl121:=2.45
;CAIL4]):=2.45

- ;CAL16]):=3.57

;CAl18]:=4.995
;CAl20):=7.422

;CAl22]:=10.294
;CA(24):=13.232

;CAI26]}:=16.5

;CA[281:219.25
;CA[30]1:%23.59
;CAL321:234.48

;FRI331:=1000000.0;CA[34]1:=50.49
;FRI351:=2000000.0;CA(36):271.55
;FRI[371:=5000000.0;

v

do begin

FRI11) then lp:=i;

FR[(1+1)])) then inew: 1+1,
FR{(i+1)]) then p:=1;

2.45 ;ERI[ 2]:
sCAl 4):= 2.45 ;FR[ 4]:

;ERI 61:=

{find the attenuation at a

5.0 ;
15.0 ;
30.0 ;
;FRI 8l:= 70.0 ;
;FR[10]z= 150.0
;FRI1213= 300.0
;FRL14):= 700.0
;FRI16]1:=1500.0
;FR[181:=3000.0
;FR120):=7000.0 ;
;FR1221:=15000.0
;FR(241:=30000.0
;FRI261:=270000.90
;FR(28):=150000.0;
;FRI30]1:=300000.0;
;FR{321:=700000.0;
;FRI34):=1500000.0;
sFR[361:=3000000.0;

W we We W W
.

e % W3
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{(EX XXX R R AR AR RN AR RANR]

{SNR procedure}
{Input: freqguency, center frequencyl
{Output: crosstalk factor, channel response, fllter response}

procedure snr(var Freq,xtalk,ChanRes, Fllteratf,T:real);
var tpf,Attenuation:real; b
begin
1oss€Freq,Attenuation),
tpf:=sin(pl*T*(Freq-1/(2*T))/FilterRolloff); 4>
if(Preg>((1-FlltexrRollof£}/(2*T)))and -
(Freq<((l+FillterRolloff)/(2*T)))then FilterAtf:=(1-tpf)/2 else

1£(Freq<((1-FilterRollof£f)/(2*T)})then FilterAtf:=1.0 else
Filteratf:=0.0; ‘
ChanRes:=sqr(FilterAtf)*exp((-Attenuvation/10)*1n(10));
1f (Freqg<l00) then ChanRes:=le-30+exp(15*1ln(Freq/(Freq+l2)));
xtalk:=sqr(FilterAtf)*0.632e-13%exp(1l. S*ln(Freq)),

end;

|
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