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SYNOPSIS

This thesis Iinvestigates high-speed digital transmission
over a conditioned, voice-grade telephone circuit (M.1020),
using a technique known as partial response signaling, or
PRS. In particular, the case where 4800 bps, full-duplex
transmission is required in a CCITT V.22 type format is
investigated. The main V.22 criterion to be adhered to, is
that frequency-division multiplexing (FDM) is to be used as
the means of separating the transmit and receive channels.
The carrier frequencies should be 1200 Hz and 2400 Hz
respectively. The investigation concerns the modulation and

demodulation sections only.

Conventional, memoryless data transmission systems can
usually achieve a spectral efficiency of 1 - 1.5 bps/Hz in
the case of binary transmission. This is due to the
impracticalities associated with designing an ideal lowpass
filter that will give zero intersymbol interference (ISI).
 The highest speed V.22 type modem standard for operation on
M.1020 lines is the V.22bis standard, which provides 2400
bps full-duplex transmission (excluding any data
compression). It uses a multilevel, memoryless modulation

scheme, known as 16 QAM.

PRS is a technique which uses a transversal digital filter
to correlate bits is such a way that it becomes possible to
transmit the signal in the minimum bandwidth stated by
Nyquist's theorem. The result is that the spectral
efficiency is increased to 2 bps/Hz for the binary case.

In this project, a multilevel class-1 (duobinary) PRS
scheme, called 49 QPRS, is investigated as a means of
achieving 4800 bps transmission in the V.22 type format. The
two data channels will use the same carrier frequencies as
the V.22 schemes, namely 1200 Hz for the low band and 2400
Hz for the high band. Pilot tones are used for receiver
synchronization. One pilot tone is transmitted with each
band and is arranged in such a way that the receiver
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sampling clock, carrier frequency and symbol timing signal
can all be unambiquously recovered from a single pilot tone.

Digital signal processing 1is a widely used technology
whereby complex functions are implemented digitally, which
offers considerable advantages over analog techniques. The
modem design in' this project is based on a the Motorola
DSP56001 digital signal processor. The DSP chip is mounted
on a plug-in PC card and is prdgrammed via the host PC. The
processor implements all the complex modem functions,
including encoding, Nyquist type 1lowpass filtering and
modulation functions. '

A raised-cosine lowpass filter is used for Nyquist filtering
and is evenly divided between transmitter and receiver in
order to conform to matched filter criteria. This filter is
implemented with a linear phase, finite impulse response
(FIR) design.

In order to fulfill the requirements of a half-thesis, it
was not necessary that the entire modem be built. The work
carried out in this project included the following:

a) A 49 QPRS transmitter prototype was constructed,
which is able to generate both low and high band
'signals, complete with pilot tones. The design
included DSP56001 assembler software, a Turbo Pascal
host program to initialize the DSP56001 and a hardware
design. The hardware included external memory, D/A
converter, output smoothing filter, pseudorandom
sequence generator and a clock generator.

b) The.receiver software was written and successfully
tested to demonstrate the implementation of the
receiver on the DSP56001. This included a DSP56001
assembler program and a Turbo Pascal host program. The
hardware was not built.
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c) A computer simulation was carried out to
investigate crosstalk between the two channels. This
is caused by a out-of-band frequency components of the
transmitted signal echo overlapping with the received
signal.

The transmitted signals were observed to be extremely clean,
and contained no visible intersymbol interference at the
symbol timing instants. The frequency spectra of the signals
were equally well defined. Very sharp bandlimiting was
achieved with good suppression of sidelobes (up to 60 dB).

The most important result of the crosstalk simulation was
that transmitter echoes up to 10 dB above the received
signal will have negligible effect on the performance of the
system, even if no bandpass filtering of the received signal
is performed. In ideal conditions, echoes up to 24'dB above
the received signal could be tolerated.

It was also shown that, if performance is to bé optimized,
~the FIR filter lookup table should be as long as possible, a
windowing function should be employed, and a moderate amount
of excess bandwidth (in the order of 5 - 10 percént) should

be used.

The results obtained were very promising. It is recommended
that future work should aim to complete the design, which
would include a real-time implementation of the receiver,
the clock recovery circuits and an adaptive equalizer.
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1. INTRODUCTION

The tremendous advantages of digital over analog
telecommunications systems have resulted in an ever
increasing number of these systems wutilizing digital
techniques. In order to maximize these advantages, it is
necessary to transmit digital signals at the highest
possiblev rate. This thesis concerns the full—duplex
transmission of 4800 bits per second data over specially
conditioned telephone lines. A paper on this thesis was
published in the COMSIG 90 proceedings and can be found in
Appendix A.

The modulation scheme is intended to upgrade the scheme used
in V.22bis modems. The required method of separating the two
data directions 1is to transmit the signals in non-
oﬁerlapping frequency bands, a technique known as fregquency
division multiplexing, or FDM. The maximum speed at which
transmission can take place on a telephone channel is
limited mainly by the following factors:

a) The bandwidth of the transmission channel
b) Channel group delay and magnitude response
c) Noise introduced by the channel

d) Noise introduced by the hardware

~ e) Hardware complexity and cost

Conventional binary and multi-level signalling schemes, also
called memoryless schemes, are based on the requirement that
each pulse must be Eonfined to its own time slot as far as
possible [1.1]. In systems such as these, also called zero-
memory systems, the pulse tails of the bandlimited pulses
are a major source of intersymbol interference and must be
eliminated or, at 1least, minimized. In practice, binary
systems using the above criterion cannot achieve the Nyquist
rate of 2 bits/second per Hertz of available bandwidth, as
this would place unrealistic demands on the bandlimiting
filter. Consequently, a maximum efficiency of 1 bps/Hz is

usually achieved.
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A technique proposed by Dr. Adam Lender in 1962 yields a
doubling of the transmission rate, without compromising
bandwidth. Using the technique, a bandwidth efficiency of 2
bps/Hz can be achieved for the binary case, which is the
theoreticai maximum. Controlled amounts of intersymbol
interference (usually 100%) are introduced and this alters
the time domain and spectral properties of the signal.
Because the pulses are combined in a known way, the original
data can be obtained at the receiver by applying a simple
decoding rule. This is known as correlative level coding, or
pértial response signalling (PRS). A special case of PRS,
known as 49 QPRS, is investigated in this project.

The implementation of PRS schemes is similar to that of
conventional pulse-amplitude = modulated schemes. A
disadvantage of PRS is that correlative encoding introduces
more signalling levels. There will is corresponding increase
in probability of error, due to the decision distance being
decreased. Nevertheless, the high bandwidth efficiency of
PRS 1is such that it can achieve a higher data throughput
than conventional techniques in a specified bandwidth, given
the same noise density. |

Digital signal processing (DSP) technology 1is a concept
“ which is becoming more popular in telecommunications as
faster processors become more available. The crux of DSP is
that signals are digitally processed and are interfaced to
the analog world via A/D's and D/A's. The processing can
either be carried out using digital hardware or, in more
complex applications, using software that is run on a DSP
chip. As a result of DSP techniques, highly tuned analog
circuitry becomes unnecessary and complex modulation schemes

can be implemented with relative ease.



In this project, Motorola DSP56001 digital signal processors
mounted on PC plug-in cards were used. Two cards were
purchased from PERALEX, a Cape Town based company. The
following programs were supplied with the cards:

a) Cross-assembler for aséembling programs written in
DSP56001 assembler. ) |

b) Program which allows the assembled code to be
downloaded to the DSP56001. '

c) A simulator program which allows all the DSP56001
functions to be simulated.

d) Various Turbo Pascal utility programs which were
used mainly for interfacing between the PC and the
DSP56001 via the host interface of the DSP56001.

The practical research carried out included the followingé

The transmitter , ' y

A transmitter prototype was implemented, which is capable of
generating 49 QPRS signals at one of the two carrier
frequencies (for frequency division multiplexing). This
included both software and hardware design. Various
hardware, such as memory, latches and interfacing lbgic was
wire-wrapped onto the DSP56001 card, while other hardware,
which is described 1later, was built on separate printed-

circuit boards.

The receiver

In order to 1limit the scope of the project to the
requirements of a half-thesis, the receiver hardware was not
built. ‘Instead, the operation of the receiver was
investigated by writing a DSP56001 assembler program that
samples data from a file of transmitted data stored on disk.
The file of transmitted data was generated by altering the
real-time transmitter program in such a way that it sampled
- binary data from a file on disk and stored the transmitted



data on disk in another file. The receiver program then
recovers the bitstream which is also stored on disk. It can
then be compared to the original data in order to verify the
correct operation of the data. A real time version would
require an A/D and minor adjustment to the program, but
would otherwise operate in the same way as the program which

was written.

Clock recovery
A method of . clock recovery was proposed for the modem. The
scheme uses pilot tones, which offer reliable performance

with a simple implementation.

Interchannel crosstalk

Interchannel crosstalk between the two data directions was
investigated by computer simulation. It should be pointed
out that due to the digital nature of the design, the
computer simulation could be written in such a way that iﬁ

can be assumed to be fairly accurate.

A flowchart of the thesis investigation is given in Figure
1.1 to better illustrate the scope of the research that was

carried out



Objective

inveatigate a 4800 bps modem design for

V.22 type data communications over an

equalized M.1020 telephone line using a
DSP Implementation of 49 QPRS

Hypothesis

49 QPRS can be used to achelve 4800 bps full-
duplex tansmission using frequency-dlvision

" multiplexing, given the severe bandwidth restrictions

imposed by M.1020 telephone (ines. A digital modem
architecture should allow many aspects of the design
to be both optimal and reliable.

Problems

Solutions

7N Ny

Results

A sultable method The feasibility A suitable method Interchannel
of digitally of the design : of recelver crosstalk must
implementing the must be synchronization be limited to
modem must be demonstrated must be found. tolerable fevels.
found. N
" The DSP566001 was A reai-time Pllot tones are Factors affecting
tound to be 49 QPRS transmitter | | proposed for recelver interchannel cross-
suitable for was designed and synchronization. The crosstalk are
implementing the bulit using the pilot tones are investigated by
modem. Two PERELEX DSP56001. The arranged so that all computer simulation.
DSP668001 PC plug- software for the timing signals Eye closure |s
in cards were recelver was required by the observed as
purchased for written and recelver can be probability ot error
the Investigation successtully recovered from a tests are too
tested. single pilot tone computation
for the high and intensive.
low bands.

Very clean signals were generated
with no visible intersymbol interference.
The frequency spectra were equally well
defined, with over 45 dB of out-of-band

suppression being achleved using very high
roll-off fliters.

V

Conclusions

Echo and FIR tilter
length are the main
factors affecting
crosstalk. Using an
optimal FIR fliter
length, crosstalk Is
minimal for echo
levels up to 10 dB
above the recelved
signal.

The digital implementation of 40 QPRS
is very etfective. The high bandwidth etficiency
of the signals wiil allow 4800 bps, tuli-duplex
transmission in the severely {imited bandwidth
offered by M.1020 lines. Clock recovery shouid be
relatively straightforward. The scheme wiil
effectively limit crosstalk, as long as echo
is less than 10 dB above the received signal.

Figure 1.1 Flowchart of the thesis investigation
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The objectives of this thesis report are :

a) To give a description of fundamental communication

theory relevant to the project.

b) To provide an overview of PRS, leading up to the 49
' QPRS scheme which is investigated, and to compare it

to conventional schenes.

.c) To describe the proposed method of implementing 49
QPRS as a means of achieving 4800 bps full-duplex
transmission on an M.1020 telephone line using digital

signal processing technology.

d) To describe the practical investigation, which
includes hardware design, Turbo Pascal software and
DSP56001 assembler software.

e) To investigate the possible drawback of crosstalk

in the proposed scheme.

f) To draw conclusions from the research and to make

recommendations for future work.

The report begins with an introduction of conventional, non-
correlative techniques, leading up to 16 QAM, which is the
scheme used for 2400 bps full-duplex transmission (CCITT
recommendation V.22bis). An overview of partial response
signalling, including the 49 QPRS scheme, is introduced and
compared to QAM type schemes. The type of telephone channel
that will be encountered is discussed, along with a brief
description of the V.22bis implementation. This is followed
by a detailed explanation of the proposed modem scheme and
how it is implemented using DSP teéhniques. An investigation
into crosstalk, caused by out-of-band frequency components
overlapping into the adjacent channel, is then presented.
Finally, conclusions are drawn and recommendations are made

for future work.
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2. MEMORYLESS SYSTEMS

J
2.1 NYQUIST'S THEOREM AND PULSE SHAPING

Memoryless systems are digital communication systems in
which pulses are confined as much as possible to their own
time slot. Intersymbol interference (ISI) is thus kept to a
minimum. Most conventional modems used today are based on
this principle. The technique uses Nyquist's first criterion

which can briefly be explained as follows [2.1]:

Nyquist's first theorem states that the ISI at the
sampling points between successive digits can be
eliminated. Digits are independent and uncorrelated,
and each digit can be recovered without resorting to
the past history of the waveform. For maximum spectral
efficiency, the transmission filter is made
réctangular, with a cut-off frequency at %T Hz, where
T is the bit period. This results in a sinc(mt/T)
impulse résponse. The response to two successive
impulses is shown in Figure 2.1. Notice that, at time
t =T, g(t-T) is at a maximum, while g(t) is zero. It
follows that any number of pulses can be passed
through the filter with zero ISI, as long as they are
exactly T seconds apart. In theory, a binary system
using the above <criteria will have a spectral

efficiency of 2-bps/Hz.



Sampling Instants

/l\\

a(t) : g(t T)

Figure 2.1 Response of a Nyqulst filter to two successive
impulses.

Unfortunately, such a filter is physically unrealizable.
Even if it could be approximated, for example using digital
filters, it would still not be practical because of the
excessive ISI at the transition points, caused by 1large
overshoots of pulse tails which decay as 1/t. As a result,
even the slightest deviation from the bit rate of 1/T
bits/sec at the sampling instants would render the systenm

unusable.

The practical solution to this problém is to use a raised-
cosine filter [2.2]. A raised cosine filter characteristic
consists of a flat portion at low frequencies followed by a
roll-off portion that is symmetrical about the cutoff
" frequency. The impulse response of this filter has nulls at
the same instants as the rectangular filter but the pulse
tails decay much faster, depending on the particular raised
‘cosine characteristic that is chosen. The larger the roll-
off portion of the frequency response (i.e. the more excess
bandwidth used), the faster the pulses will decay. This is
the fundamental trade-off when using these filters as it may



be desirable to confine the signal to the smallest possible

Frequency |[rad]

bandwidth. The characteristic can be expressed in the
following form:
T 0 < lw! £ (1 - a)W
X(w) = | T/2 * {1 - sin[_n_(|w| - W)] (1 - aOW < [w| S (1 + o)W
‘ 2aw
c |w! > (1 + a)W,
L. .
where: (z.1
W=mn/T
a ‘is the roll-off factor .and is defined as the excess
bandwidth divided by the minimum Nyquist bandwidth
(i.e. a = 0 is equivalent to a rectangular filter)
P(w) 0% excess bandwidth (ideal)
e, 90% 8XC 088 bandwidth
~~~~~~~~~~ oy ~memaeeeu... 100% oxcess bandwidth
K\\_
AN
0 wo wo w
2

. Pigure 2.2 Frequency response of raised cosine filters

The corresponding impulse response of this filter is given

by:

X(t)

= sin(Wt)[Wt)(cos!aWt)
(1 - (2aWt/m)

(2.2)
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0% excess bandwidth

6560% excess bandwidth

100% excess bandwidth

Figure 2.3 Impulse response of raised cosine filters

An « ='1' raised~cosine filter is the most practical of
| these filters, being easily realizable and offering minimal
overshoot of the pulse tails. It is obvious that the
advantages. of raised-cosine filters are obtained at the
expense of increased bandwidth occupancy. This is why the
spectrél efficiency of most practical memoryless systems is

[y

1 bps/Hz for the binary case.
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2.2 THE GENERATION OF 16 QAM

There are various possible mechanisms for transmitting data
over a channel. These can be divided into three groups:
Amplitudé modulation (AM), frequency modulation (FM) and
phase modulation (PM). Frequency and phasé modulation are
closely related techniques and have the advantage that the
transmitted waveforms have a constant envelope. This makes
them ideal for power 1limited applications. Digital AaM
signals do not have a constang envelope but have other
desirable features making them ideal for bandwidth 1limited
applications. Since this project is a bandwidth 1limited
application, FM and PM will not be discussed. 16 QAM, a
special case of AM, is the modulation technique used in
V.22bis modems and is used due to its good spectral
efficiency which makes it ideal for a high- speéd, bandwidth
limited application. It will now'be described using a step-

by-step approach which will cover the .following areas:
a) Amplitude modulation (AM)
b) M-ary Pulse Amplitude Modulation (PAM) -
c) M—arvaugdrature Amplitude Modulation (QAM)

d) 16 QAM

2.2.1 Amplitude Modulation (AM)

The modulation and coherent demodulation of &AM is
illustrated in Fig 2.4. AM is generated by multiplying the
amplitude of a sinusoidal carrier (b) with a modulating
signal (a), also known as a baseband signal. The resulting
spectrum will be a double-sided version of the baseband
_ signal centered about the carrier frequency (c). The
modulating process thus degrades the spectral efficiency by
a factor of two. If the baseband signal has zero DC offset,
i.e. no discrete spectral component at zero frequency, then
the AM signal will have no carrier component. This would be
'called an AM suppressed-carrier signal. Conversely, by
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adding a DC offset prior to modulation or by inserting the
carrier after modulation, an AM large-carrier signal can be

created.

An AM signal can be demodulated in two ways, ﬁ%mely envelope
detection and coherent demodulation. In envelope detection,
the envelope of the signal is extracted using a simple
circuit. Although its simplicity makes it attractive, this
technique yields suboptimum performance. Coherent
demodulation is a more complex, but more efficient method.
In coherent modulation, the received signal is multiplied
again py the carrier frequency (d). The spectrum will then
consist of a baseband component and a high frequency
component centered about double the carrier frequency (e).
By filtering off the high component part the baseband signal
is recovered (f). One of the major disadvantages of this
method is that the receiver must have access to the carrier
signal. The carrier signal must be extracted from the
received waveform and any error in the recovered carrier
will cause a corresponding degradation of the entire system.

Transmitter

‘\Baaeband Signal
a) N

N\

A

b) ’ lMuMIply by carrier

. . Transmitted AM signal
c) \
AN
\,

Receiver

Multiply by carrier at receiver
d) :
----------------------- " Low pass filter
) . Difterence . Sum\
e) \ frequency . trequency N

\f:omponen( N / component \

N
AN A

™\._ Recovered baseband signal
f) Ny
\\

Frequency

Figure 2.4 Modulation and coherent demodulation of AM
'signals. :
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2.2.2 M-ary Pulse Amplitude Modulation (PAM)

The simplest PAM system is the binary case. Here the
baseband signal is simply a pulsed version of the two-level
data stream which may be bandlimited using a NYquist filter..
M-ary PAM is generated using a baseband signal that has more
than two levels. In the case of 4 PAM pairs of binary bits
are combined to form a four-level data stream. The advantage
of this 1is that the symbol rate is halved and so the
spectral efficiency is doubled. The penalty incurred is that
the levels are less widely separated, and so the signal to

noise ratio will be degraded.

2.2.3 M-ary Quadrature amplitude modulation (QAM)

QAM is a technique which can be used to double the bandwidth
efficiency of conventional AM. The crux of the technique is
that two AM signals are transmitted in the same bandwidth,
but the carriers of the two signals differ in phase by 90°.
This relationship allows the two signals to be separated
from each other at the receiver. Consider the following

-example:

Suppose a baseband signal g(t) is multiplied by a

carrier 'signal sin(wt) to form the AM signal

g(t)sin(wt). This is known as the in-phase or I

channel. A second signal is then generated but the

phase of the carrier is shifted by 90°, so that it
'will have the fornm f(t)cos(wt). This is known as the

quadrature or Q channel. The two signals are then
" added to produce a QAM signal which has the form:

q(t) = g(t)sin(wt) + f(t)cos(wt) | (2.3)
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We now consider the demodulation of the I channel. The
QAM signal is multiplied by the I channel carrier
sin(wt) to produce: S

i

(g(t)sin(wt) + f(t)cos(wt))sin(wt)
= g(t)sin?(wt) + f(t)cos(wt)sin(wt)
%g(t) (1 - cos(2wt))
+ %f(t) (sin(2wt) + sin(0))
%g(t) + higher frequency terms (2.4)

- da(t)sin(wt)

The process is completed by the addition of a low pass
filter which will result in the recovered I channel
being recovered. Similarly, the Q channel can be
recovered By multiplying the transmitted signal by
'cos(wt). This process thus doubles the bandwidth
efficiency ~of a normal AM signal and is possible
because the two carrier signals sin(wt) and cos(Wt),
. are orthogonal.

2.2.4 16 QAM

16 QAM is formed by using a combination of 4-ary AM and the
QAM technique which has been described. Thus the data stream
will be split up into two data streams at half the bit rate.
Pairs of bits will then be combined in each to form two 4
PAM signals. These are then modulated onto the in-phase énd
quadrature carriers and added together. The bandwidth
efficiency of 16 QAM is typically 2 bps/Hz, as 100% excess
bandwidth raised cosine filters are usually wused to
bandlimit the signal. The constellation diagram, which shows
the signal in terms of the orthogonal basis functions
sin(wt) and cos(wt), is given in figure 2.5. A probability
of error curve of 16 QAM is given in the comparison of QAM
and QPRS (see section 3.4).
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*® * * | *®

: Figure‘2.5 Constellation diagram of 16 QAM
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3.I CI(\?RRIIJ%II(JATIVE LEVEL CODING (PARTIAL RESPONSE
SIGNALLING)

3.1 INTRODUCTION TO PARTIAL RESPONSE SIGNALLING

The concept of correlative level coding was discovered in
1962 by Dr Adam Lender who developed many operational
duobinary and other partial response systems. PRS has a
higher spectral efficiency than memoryless'SYStems making it
attractive in bandwidth limited applications. A higher data
throughput can be obtained for similar probability of error

criteria.

PRS is based on Nyquist's second criterion which states that
data can be correctly received as long as there is zero ISI
at the transition points of the bandlimited waveform [3.1].
A controlled amount of ISI (usually 100 %) is purposely
introduced by <combining a number of pulses before
transmission, using a digital transversal filter. This
operation changes the spectrum of the data in such a way
that its bandwidth occupancy is halved, which in turn allows
a doubling in the transmission rate for a given bandwidth.
| Because these pulses are combined in a known way, the
original data stream can still be correctly decoded at the
receiver. An example, given by Lathi [3.1], will now be used

- to illustrate this point.

Consider a system designed to transmit data at a rate
of f, bits/second using polar signelling. When a "1"
is transmitted by a full-width rectangular pulse p(t),
the bandwidth is large enough so that the received
pulse will rise to positive amplitude K, and when a
negative pulse is transmitted by -p(t), the received
pulse will rise to negative amplitude -K.

If the transmitted pulse rate is now doubled, the
transmitted pulse width is halved, and the received
pulses cannot reach their full values. But if a "1" is
followed by a "1", we have two half-width pulses in
succession, making one full-width pulse. This causes
the received pulse to reach full positive value K.
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Similarly, if a "0" is followed by a "0", the received
pulse reaches full negative value -K. But if a "1" is
followed by a "O", or vice versa, the received pulse
will stay close to zero. Thus, the received signal can
be interpreted as shown in the following table:

Received Transmitted
Amplitude Digit

+K " 1 (Previous digit also 1)

-K 0 (Previous digit also 0)

0 Complement of previous digit

Table 3.1 Decoding rule for PRS Example

Thus, data can be unambiguously received even when the data
rate is doubled. The penalty incurred is that three levels
are now possible at the receiver instead of two. Since the
probability of error versus SNR performance is dependent on
the spacing Dbetween the levels, there will be a
corresponding degradation in system performance.

3.1.1 Classes of Partial Response 8ignalling

Using transversal filters, a wide variety of PRS formats can
be realized. All offer increased spectral efficiency but
have different spectral weightings and varying degrees of
redundancy providing varying amounts of built-in error
detection. A few of these are given in figure 3.1 [3.2]. D
in the generating polynomials indicates a delay of one bit,
D? indicates a delay of two bit periods and so on.



19

[y

FREQUENCY No. output
F(D) RESPONSE . IMPULSE RESPONSE levels for M
input levels
Nyquist
Class 1 FF:OG .
14D : 2M - 1
(Duobinary)
Class 2
2 !
.[1+2D0+D :: ; 4M - 3
Class 3 .
2 :
2+D-D /\ | 4M - 3
N
Class 4
1-D /—\\E 2M - 1
(Modlitied \
Duobinary)
Clase &
2 4 :
1-2D+D i . 4M - 3.
14

Table 3.2 Classes of partial response signalling systems

It can be seen from the table how the different PRS formats
result in different spectra. This is important when
determining the format best suited to a particular
application. Unfortunately, many of these coding schemes
result in an excessive number of output levels, which
results in a performance. degradation. It is for this reason
that class 1 and class 4 PRS are most commonly used as they
produce only 2M-1 output levels, where M is the amount of
input levels. Class 1 and 4 PRS are also known as duobinary
‘and modified.duobinary respectively. Both have a véry simple
implementation but an important difference is that modified
duobinary PRS has a spectral null at DC which is often
useful. Its uses would include transformer coupled circuits,
DC powered cables, SSB modems, and carrier systems with

carrier pilot tones.
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3.1.2 8Speed Tolerance

Speed tolerance can be defined as the sensitivity of the
system to changes in the data rate. It is dependent
primarily on the rate at which pulse tails die away. Figure
3.1 shows the speed tolerance of duobinary, modified
duobinary and conventional binary signalling as a function
of the roll-off parameter of a Nyquist raised-cosine filter
[3.2]. It can be seen that duobinary signalling offers the
best performance for transmission in the minimum Nyquist
bandwidth (a = 0). For this reason it was selected for the
49 QPRS system in this project, as opposed to modified

duobinary.
100, ...
90 | ...
80 | ..
Speed 70|
Tolerance
60 | ..
[percent]
50 |...
1+D (duobinary)
40 [T : —
- difled
30 .. 2 ( mo
. f
_ 1-D duobinary
20} ..
10 |...
o T o2 0.4 0.6 0.8 1.0

Filter roll-off parameter aipha

Figure 3.1 Speed tolerance as a function of the roll-off
parameter of a Nyquist raised-cosine filter.

Notice that the speed tolerance of binary signalling is zero
for a = 0, which supports the concept that conventional
zero-memory schemes cannot achieve transmission in ‘the

minimum Nyquist bandwidth.
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3.1.3 Duobinary PRS

Duobinary PRS, the class of PRS implemented in this project,
- is the most robust of the PRS formats in terms of error-rate
performance, speed tolerance and ease of implementation. It
is generated and interpreted according a set of rules which

are now described.

Let the input data stream be x, and let the duobinary output
be yy. Two successive binary input pulses are added so that
[3.3]:

Yk = X + Xpq (3.1)

LPF [

Figure 3.2 Transversal Filter for Duobinary Signalling
The resulting frequency transfer function is:

H(w)

' -jwT
( 1+ eI )10w pass

I

2e~IWT/2 & cos wT/2 for w = n/T
0 elsewhere

(3.2)

The corresponding impulse response is:

h(t) = cos [ (t = T/2 )/T (3.3)
[ -

4( t- T/2)°/T° ]

i
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IO S—— | -l wi/2 .
“H(w) = 2e cos(wT/2)
a) C AN
/ X
fo
pl/T - frequency {rad/s]

h(t)

Figure 3.3 Class 1 PRS characteristics.
(a) Duobinary frequency transfer function. The box on the

left indicates the lowpass filter operatlon which produces
the baseband signal.

(b) Duobinary unit impulse response

From this it can be seen that the operatioﬁ of adding two
successive symbols provides the transmitted signal with a
new spectral weighting. The width of the main 1lobe is
halved,  doubling the spectral efficiency and allowing

signalling up to the Nyquist rate of 2 bps/Hz for the binary
case.

At the receiver, the following decoding rule must now be
followed:

X k = yk - X'k_l ' (3.4)

where x'y is the decoded sequence
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3.1.4 Precoding

A receiver using the decoding rule that has been described
has to constantly refer to bits that have already been
decoded in order to decode each incoming bit. Clearly, this
will cause . error propagation. This’ tendency can be
eliminated by precoding the input data before transmission.
In this proceduré, the input data is precoded'aécording to
the rule:

by = ( ¥, - by_; )mod-2 (3.5)
where by is the new, precoded, input data stream.

The binary stream b, is now applied to the duobinary
filter, yielding:

From this equation it can be deduced that if ¥, = 1, then
Yy = 1 regardless of the value of x,_; and similarly, if

Xy = 0, then y, = 0 or 2. Thus it is no longer necessary to
refer to the past history of the waveform, eliminating error

propagqtion.vThe new decoding rule is:

X'y = yk'mod-z _ (3.7)

- 3.1.5 7-level duobinary PRS

Although the preceding-discussion refers toAthe binary case 
in particular, it can be extended to M-ary signals.~ The
coding rules for this project, the M = 4 case, are the same
except that the modulo-2 operators are replaced by modulo-4
bperétors. The encoding process then produces a 7-level data
stream. A block diagram of the entire coding and decoding
process is given in figure 3.4, while an example of the
process' being applied to data is given in table 3.3.
Although the precoder is initialized with zeros in the
example, any value could have been used és the choice is

arbitrary.
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Quartenary
Data input

Precoding Encoding
7-level Quartenary
input _ ﬁi@ output
Decoder

Figure 3.4 Block diagram of duobinary precoder, encoder and
decoder.
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Input
symbols

Xk

Precoded
symbols

bk

-Transmitted
symbols

VK

Decoded
‘symbols

X'k

ONOW=L=200N-=-2NMNOWONO -
NNOOWNWaLNO=2=200WW0
#kl0>CSCO AL ON-NPOOVOL
ONOW==2=20WNa2NOWWNO =

Table 3.3 Example of M = 4 duobinary precoding, encoding
and decoding.

At this point it is necessary to introduce the concept of an
eye diagram. The eye diagram 1is a convenient way of
observing imperfections-that occur in modulation systems.
Consider a waveform with regularly spaced sampling instants,
where the waveform takes on one of a number of discrete
levels at the sampling instants. If this waveform is viewed
on an oscilloscope which is triggered with the sampling
clock, the persistence of the screen will display superposed
segments of the signal in such a way that the waveform takes
on discrete levels at a certain time position. This is known
as the eye diagram. The sharper the eye diagram, i.e. the

bigger the eye opening, the more resistant the system will
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be to noise, timing Jjitter and drift in the receiver
sampling instant. The 7-level eye diagram of a bandlimited
M=4 PRS signal is given in figure 3.5.

Optimum sampling instant

Figure 3.5 Eye diagram of 7-level class 1 PRS
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3.2 ERROR PERFORMANCE OF PRS

3.2.1 Error detection using inherent redundancy

A unique characteristic of correlative coding is that it
introduces inherent redundancy into the bitstream which can
be used to detect errors. Consider the 3-level duobinary
scheme: . ’
a) If one of the outer levels is present at a
particular sampling instant then the opposite outer
level may not occur at the next'sampling instant.

b) An outer level followed by the opposite outer level
must be separated by an odd number of center samples.

c) An outer 1level followed by the same outer 1level

must be separated by an even number of center samples.

A relatively simple system could be set up‘to monitor these
violations. It must be pointed out that certain errors, or
combinations of errors, may not cause violations of these
rules. Nevertheless, the system can be used as a very
convenient way of monitoring the error rate on a
transmission link. Each of the PRS formats has a unique set

of rules which can be‘utilized for error detection.
Iy

3.2.2 Bit-by-bit detection and decoding

The bit-by~bit detection and decoding technique, although
suboptimum, is usually used in PRS because of its simplicity
and ease of implementation. This method of detection, which
is the method used in this project, entails sampling data at
the point of maximum eye opening and decoding the sample
without considering any other sample values. In the
duobinary case, it simply requires a modulo-M operation. The
reason that bit-by-bit detection is suboptimum is that the
inherent redundancy of PRS is not éxploited,
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3.2.3 Optimal decoding (maximum-likelihood detection)

Maximum-likelihood sequence estimation is a teéhnique which
makes full use of redundancy in a sequence to correct a
certain amount of errors. As already mentioned, the increase
in the amount of signalling levels required for PRS will
result in a performance degradation. As a result, the
duobinary scheme requires approximately 3 dB more signal-to-
noise ratio than the corresponding PAM scheme. Kobayashi
[3.5] and Forney [3.6] showed that this degradation it due
to the suboptimality of the bit-by-bit detection method.
They showed that the maximum-likelihood detection algorithm
could be used to recover almost all the loss in performance. '
The disadvantages of such a decoder are that it is
relatively complex and a decoding delay is introduced [3.2].
The technique will not be discussed any further as it was

not implemented in this thesis.

3.2.4 Probability of error in partial response signalling

There are two different methods for evaluating the
probability of  error, namely with and without precoding. The
latter case will not be discussed as precoding is a very
simple operation and is used in every practical PRS system
to prevent error propagation. The probability'of error of a
-precoded system is apprdximatelf:[3.2]

Pe < 2(1 - 1/mM)Q(d/0) | (3.8)
where:
02 is the noise variance at the decoder
d is the decision distance (half the level
separation) |
M is the amount of pulée samples
m is the amount of possible input levels

(as in m-ary)
, x |
Q(x) is defined as 1/(2n)% Jexp(-uz/Z)du

=00
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. P(e) 2-level PAM
3-level PRS

4-level PAM
7-ievel PRS

8-level PAM

10 1°
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10 156 20 25 30
RMS S/N in Nyquist bandwidth [dBI]

Figure 3.6 Probability of error curves of M-Level PAM and
PRS [3.6]

From the P(e) curves it can be seen that PRS (bit-by-bit-
detection) requires approximately 3 dB more signal to noise
ratio to the correspoﬁding PAM system for the same
probability of error. Although PRS requires somewhat more
signal to noise ratio, this is offset by the fact that its
information carrying capacity is up to twice that of PAM,
due to its high spectral efficiency. Bit error rate curves
-of QPRS are given in section 3.4, where QPRS systems are

'compared to QAM systens.
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3.3 QUADRATURE PARTIAL RESPONSE SIGNALLING (QPRS8)

3.3.1 Generation and demodulation

The generation of QPRS can be considered to be a special
case of the QAM technique which has been described in
section 2.2. QPRS is generated and Qemodulated as follows:

Transmitter operation:

a) The data stream that is to be transmitted is split
into two streams each having half the bit rate (I and
Q channels).

b) If an M-ary system is required (to further reduce
bandwidth) then bits are grouped to form M-level
symbols.

c) The data streams are applied to a PRS precoder.

d) The data streams are correlatively encoded using a

transversal filter.

e) A square-root Nyquist low pass filter is used to

bandlimit the data streams.

f) The I and Q channels are modulated onto in-phase

and quadrature carriers.

g) The I and Q channels are then added resulting in a
QPRS signal.

Receiver operation:

a) The received signal is multiplied by in-phase and
quadrature carriers to produce the I and Q channels.

b) A square-root Nyquist lowpass filter (matched to
"'the transmitter) then filters off unwanted components

to produce the baseband signals.
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c) The baseband signals are sampled yielding data
streams of the correlatively coded values.

d) PRS decoding is performed to give the M-level data
streams.

e) M-level to binary conversion is performed{

f) The two binary streams are combined to form the

original data stream.

3.3.2 49 QPRS

49 QPRS is formed using the steps described in the preceding
section. The M-level data stream will be a 4-level data
stream in this case. The correlative coding used in this
project converts the 4-level data to 7-level PRS data. 49
QPRS has a bandwidth efficiency of 4 bits/sec/Hz.

Transmitter

|
Data Precoder Encoder jugilow-pass x cos(wt) | + To
input I ™ mer | 7] Y channel
D
ﬁ .D"‘:(.Ol’ @
. LProcodor immp| Encoder ..,.Lo:'-tpuo ey X 8in{wi) ‘_/4_
. or
Q
Receiver
From ' Ecoa(w!) _ﬂtow-pdoo | 88MDIS Ll PRS : Data
channel ' tilter and hold decoder output
Date . \pump .

L
P

X sin{wt) . Low
. -PaSS Ll Sample PRS
fliter and hold decoder

Q

Figure 3.7 49 QPRS modulation block diagram

The constellation diagram of QPRS, given in figure 3.8,
shows how the 7-level in-phase and quadrature channels are
combined to form 49 constellation points, hence the name 49

" QPRS.
{
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Figure 3.8 Constellation diagram of 49 QPRS
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3.4 COMPARISON OF 16 QAM AND 49 QPRS

In this section, the differences and similarities between
QAM and QPRS systems are highlighted. This comparison isA
relevant because the existing V.22bis scheme uses 16 QAM,
" while the proposed scheme uses 49 QPRS.

From the preceding sections, it can be seen téat QPRS is
essentially an extension of QAM. Both involve modulating two
PAM type waveforms onto in-phase and quadrature carriers,
and then adding the two together. The design complexity of
"QPRS is virtually the same as that of QAM, provided bit-by—
bit detection is used. The only major difference lies in the
coding of the data prior to modulation which allows
bandlimiting at, or very close to, the Nyquist frequency.
Bandlimiting in QAM systems must typically be carried out

using excess bandwidths up to 100 %.

Memoryless systems typically require more signaling levels
in order to achieve the same bandwidth efficiency as PRS
systems. Error performance will always worsen as the amount
of signaling levels is increased. A baseband modem with a
spectral efficiency of 2 bits/s/Hz requires three levels in
the case of PRS but four in the case of memoryless systens.
When the technique is extended to M-ary systems, this
advantage increases. This is shown in the following table

(3.7]:
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Spectral Number of levels
efficiency .
Zero memory Correlative
[bits/s/Hz] | (alpha = 1) coding
1 2
2 - 4 3
3 8
4 16 7
5 32
6 64 15
7 128
8 256 | 31

Table 3.4 Comparison of Correlative with Zero Memory (a=1)
systems '

This thesis deals with the 4 bits/s/Hz case, formed by the
superposition of the in-phase and quadraﬁure channels each
transmitting at 2 bits/s/Hz. It thus requires a seven-level
data stream to be transmitted. This greatly relaxes timing
and SNR requirements to those corresponding to 16-level,
- zero~-memory system. The following curves show the relative
performance of QAM and QPRS (bit-by-bit detection):
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C/N [dB] -

Figure 3.9 Probability of error curves for Multilevel QAM
and QPRS modulation schemes [3.5].

The only reasonable methods of achieving 4800 bps in the
available bandwidth for this project, if frequency division
multiplexing is to be used, are 256 QAM and 49 QPRS (64 QAM
does not have enough bandwidth efficiency). From the curves
it can be seen that the performance of 256 QAM is far poorer
than that of 49 QPRS, as it requires approximately 10 dB
more carrier-to-noise ratio for the same probability of
error. 49YQPRS on the other hand, requires only 2 to 3 dB
more carrier-to-noise ratio than 16 QAM, which is the system

curreﬁtly employed to achieve 2400 bps transmission (CCITT.
' V.22bis).
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4. PEFNE'II‘}A][‘JI CONCEPTS CONCERNING THE PROPOSED

4.1 CCITT RECOMMENDATION M.1020 TELEPHONE LINES

Ordinary voice grade telephone 1lines comply with CCITT
recommendation M.1040. The quality of these 1lines is
relatively poor and as a result they are only suitable for
voice and low speed modem applications. In order to transmit
data at speeds of 4800 bps and dgreater, special gquality
lines are provided which conform to CCITT recommendation
M.1020. The modem scheme investigated in this thesis is
intended to operate over M.1020 lines.

In order to provide special quality M.1020 circuits, cable
pairs are Specially selected and additional equalizers
connected to correct the ling parameters over the range 200
Hz to 3000 Hz [4.1). These include the amplitude vs.
frequency response, group delay vs. frequency response and
harmonic distortion. The following dgraphs describe the
limits on the amplitude and group delay response of an
M.1020 telephone 1line. The actua; response may hot pass

through the shaded area.



38

NN

Overall
loss [dB]

NN 227

0000000

T
3

o - N w & ‘0' -} ~ @ ©
'_ i \\\“

'/////// 777777
///;/j;/ F requency [Hzl] ///;/;%; S

Figure 4.1 'M.1020 limits for overall loss of the circuit
relative to that at 800 Hz

1
N

N

7

80 . M

/////////

Z 7

S 4

Group 2ol : é é
1ﬂ:{ el /;/z nmmmgémf”

,. 7

- \:§S§Q§>C\

00000000000000000000

Frequency Hz

'Figure 4.2 M.1020 limits for group delay relative to the
minimum measured group delay in the 500-2800 Hz band.
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From the figures it can be seen that the worst case 1line
parameters may be extremely poor, especially group delay,
which is only specified from 500 Hz to 2800 Hz. The actual
parameters, however, are usually far better and high speed
modems such as those conforming to V.27 (4800 bps) and V.29
(9600 bps) specifications are designed to operate on these
circuits. If inadequate 1line parameters are encountered,
modems usually operate at a fall-back rate so that
transmission is still possible. Adaptive equalization can

also be used to improve performance over a wide range of

conditions.

In addition to those already given, M.1020 circuits also
conform to requirements that include nominal overall loss,
variation of overall loss with time, random noise, impulsive
noise, phase jitter, quantizing noise, single tone

interference and frequency error.
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4.2 THE V.22BIS MODULATION SCHEME

. The CCITT recommendation V.22bis modulation scheme will now
be briefly described [4.2]). V.22bis uses a 2400 bps, full-
duplex modulation scheme where data travelling in opposite
directions is kept separate Dby frequency division

multiplexing.

The modulation technique used is 16 QAM, which was described
in detail in section 2.2. The transmitted signals are
bandlimited using raised-~cosine filtering. The filtering is
shared equally between the transmitter and receiver so that
square-root raised-cosine filtering is‘implemented at each
side. The excess bandwidth used is 75 %. Guard tones are
transmitted along with the data. A Guard tone of 550 Hz is
transmitted with the low band, while a Guard tone of 1800 Hz
is transmitted with the high band. The frequency spectra of
the low and high band are given in figure 4.3.

At the receiver, notch filters at 550 Hz and 1800 Hz are
used to remove the guard tones. If the high band is being
received, a bandpass filter centered at 2400 Hz is used to
reject any components that do not form part of the high band
signal. Similarly, the low band is isolated using a bandpassb
filter centered at 1200 Hz. If the spectra in figure 4.3 are
observed, it can be seen that- the frequency separation
between the two bands is only 150 Hz. As a result, the
~ bandpass filters have a high roll-off factor, which in turn
causes amplitude and group delay distortion near the cut-off
frequency. In order to compensate for these distortions, an

equalizer is also included in the systemn.
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Figure 4.3 The V.22bis modulation scheme
a) Low band
b) High band
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4.3 CROSSTALK IN FULL-DUPLEX DATA TRANSMISSION

There are various methods of transmitting 'data in both
directions between two modems over telephone wires. The
basic criterion is that the interference between the
~transmit and receive channels, known as crosstalk, should be
kept to a minimum. Crosstalk acts in a similar way on the
signal as noise does and can sevérely degrade the system.
The term ‘'crosstalk' could also refer to interference
between two separate telephone circuits. The discussion that
follows, however, will only refer to crosstalk between two

channels using the same telephone circuit.

- In simplex transmission systems, crosstalk is completely
avoided by using a separate circuit for the each data
direction. Half-duplex schemes use only one circuit, and
‘avoid crosstalk by transmitting in one direction at a time.

Full-duplex transmission allows transmission in Dboth
directions simultaneously over a single telephone channel.
.There are various schemes that achieve full-duplex
transmission but before they are discussed, it 1is worth
- mentioning the function of the hybrid transformer.

The hybrid transformer effects a four wire to two wire
conversion and is used in all standard telephones. The
'signal on the telephone line is the sum of the transmitted
and receive signals. The hybrid uses a series of transformer
~windings to subtract the transmitted signal from the signal
on the line to isolate the received signal. A problem is
~that it relies on impedance matching to the telephone wire,
which should be 60001, but may deviate in practice. As a
result of this limitation, a hybrid transformer will only
isolate the received signal up to a point. On M.1020
telephone lines, the 1line impedance is conditioned, which

increases the effectiveness of the hybrid. Nevertheless, a
further method of isolating the received signal is usually
required and some of the more important techniques will now

be briefly mentioned.
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4.3.1 Echo cancellation

Echo cancellation networks have been designed to isolate the
received signal from the composite signal on the telephone
line. Echo comes from both the far end and near end of the
telephone line and a practical echo canceler will usually be
adaptive. The use of echo cancellation has the advantage
that it allows the whole usable bandwidthvto be used by both
channels. The disadvantage of echo cancellation is that the

technique is considerably complex.

4.3.2 Time compression multiplexing

This is a full-duplex scheme in which the modems do not
transmit at the same time. Instead, bursts of data are
compressed and transmitted at slightly more than twice the
average bit rate. Thus the scheme does not have to rely on
good echo suppression at the receiver. Its drawback is that,
as the range between the modems increases, there will be an
increasing delay between the time that a burst is sent and
the time that it is received. The receiving ‘modem must
account for this time before sénding its burst of data. This
is why modems employing TCM are usually range limited.

4.3.3 Frequency division multiplexing

This is a reliable and cheap scheme utilized by V.22 type
modems, and is the scheme used in this project. The usable
bandwidth is split into an upper and lower band, which are
used by the transmit and receive channels. This is achieved
by modulating the baseband signals onto different carrier
frequencies. Crosstalk is effectively limited by using
‘either a lowpass or a highpass filter, depending on which
channel is being received. Care has to be taken that the
signals are properly\confined to their frequency bands. The
disadvantage of FDM is that each channel can only use half
of the usable bandwidth, with a corresponding decrease in

data throughput.
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4.4 MATCHED FILTERING AND SQUARE-ROOT RAISED-COSINE
FILTERING : '

" 4.4.1 Matched filtering

The matched'filter—is widely used in telecommunications. The
function performed by the matched filter is to maximize the
signal-to-rms-noise-amplitude ratio at the decision-making
instant of the receiver. In any sample-and-decide threshold
detection system operating in the presence of white noise,
the matched filter will yield optimum performance [4.3]. The
important characteristic of the matched filter is that its
impulse reéponse is a time-reversed version of the pulse
- shape that it is being used to detect.

The impulse and frequency response of a matched filter'are

given by the formulas:

h(t)

k.f(Td-t) | (4.1)

H(w)

X.F(-w)e JWTId (4.2)

where:
k is an arbitrary constant
Td is the decision-making instant

4.4.2 square-root raised-cosine filtering

It has already been shown that a raised-cosine filter is a
convenient method of bandlimiting.the signal at the Nyquist
frequency. However, in order to satisfy both Nyquist and
matched filter criteria, a square-root raised-cosine filter,
as opposed to a raised-cosine filter, should be used at both
transmitter and receiver. The frequency response of this
' filter will be  the square-root of a raised-cosine frequency
fesponse. The total frequency response of the system will be
the product of the two square-root responses which will be
the standard raised-cosine response. In this project,
square-root raised-cosine filters were implemented
digitally, and are further explained in section 6.2.
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4.5 QUANTIZATION NOISE

In any system where an analog signal is stored or generated
as a series of digitized samples, it is necessary to divide
its vertical ampl'itlide into a series of discrete levels,
called quantization levels. The signal is then quantized by
assigning it the quantization level values which are nearest
to the sampled values. Once a signal is quantized, a certain
amount of information is lost, so that the original signal
can never be completely recovered from the quantized signal
[4.4]. The difference between the sampled signal and the
quantized signal is known as the quantization error. These
errors, which will be random,hare the cause of quantization
noise. By increasing the number of quantization levels (i.e.
by decreasing the quantization step size), the maximum error
will be decreased, with a corresponding decrease in
quantization noise. Quantization noise must be taken into
account when selecting devices such as D/A's. The peak
signal-tofquantization noise ratio can be expressed in

decibels using the formula [4.5]:

8 = 4.8 + 20log;4n (4.3)
NaB

where n is the number of quantization levels.

The following table shows the quantization noise that can be
expected from various devices
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Device Number Number Quantization
of bits of levels noise [dB]

8 256 -53

Commonly

used D/A’s 10 1024 -—658

and A/D's
12 4096 -77
16 65536 -101

DSP56001
~ Table 4.1 Quantization noise in digitai systemsb
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4.6 A TYPICAL MODEM CHIP - THE 8C11066

The SC11066 is a complete 2400 bps modem VLSI IC containing

all modem functions except adaptive equalization [4.6]. It

is used

in conjunction with an external controller to

provide data rates compatible with Bell 103 and Bell 212A as

well as

CCITT V.21, V.22 and V.22bis standards.

The SC11066 includes:

a)

A Full transmitter consisting of:

Asyhc to sync converter

Scrambler

Data encoder

75 percent square root of raised cosine pulse
shaper '
Quadrature modulator

FSK (Bell 103 and CCITT V.21) modulator N
Hybrid

b) High band and low band filters

c) High band and low band compromise equalizers

d) V.22 notch filter (selectable at 550 or 1800 Hz)

e) Transmit smoothing filter

f) Programmable attenuator for transmit level adjust
g) DTMF, 550 Hz, 1800 Hz, 1300 Hz, and 2100 Hz tone
generator.

h) Transmit clock circuit for synchronous operation

i) Pattern generator fér generating fixed digital

patterns in handshaking mode.
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j) Receive section consisting of:
64-step programmable gain controller (AGC)
Energy detector at the output of the PGC
Hilbert transformer
Quadrature demodulator with low pass filters
Baud timing recovery circuit
FSK demodulator )

- Sync to async converter

- k) 8-bit analog to digital converter
1) Control and status registers

m) 8-bit microprocessor interface with interrupt and
multiplexed address/data lines

n) Audio output with level adjustment
In this thesis project a 4800 bps scheme is investigated
which, if required for production, would be integrated into
an IC like the SC11066. Most of the functions mentioned
would still be required and these are not investigated in
this report. The new sections which would be necessary are

as follows:
a) PRS data encoder.
b) Digital FIR (finite impulse response) square-root
raised-cosine filter for pulse shaping with minimal
excess bandwidth.

c) All digital quadrature modulator and demodulator.

d) Clock recovery schemes for both bands.
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S. THE PROPOSED 49 QPRS APPLICATION

5.1 THE PROPOSED MODULATION SCHEME

5.1.1 The transmitted waveforms

The proposed modulation scheme is designed to be as close as
possible to the V.22bis (16 QAM) scheme, which it is
intended to upgrade. The carrier frequencies of 1200 Hz (low
baﬁd) and 2400 Hz (high band), are the same as those used in
the V.22bis standard. The major difference is that the 16
QAM modulation scheme of V.22bis is now replaced by 49 QPRS.
‘The guard tones at 550 Hz and 1800 Hz in V.22bis are also
. changed. A 400 Hz pilot tone is transmitted with the high
band while a 600 Hz pilot tone is transmitted with the low
band. The function of these tones is explained in detail in

section 5.2.

AMPL LOW BAND -

Assumed usable bandwidth

;Pilot Tone

/N

Carrier

0 300 800 1200 1800 3000

FREQUENCY [Hz]
AMPL HIGH BAND
Assumed usable bandwidth
Pilot Tone |
/ Carrierg
0 300 400 } 18602400 3000

FREQUENCY ({Hz]

Figure 5.1 Frequency plan of proposed modem scheme
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From the diagram it can be seen that practically all the
available bandwidth is used. There is also no guard band
between the two channels as both extend to 1800 Hz.
Fortunately, there is a null at this point in the duobinary
frequency response and this, along with the fact that
digital filter techniques are used, allows a very sharp cut-
off to be achieved. Good out-of-band suppression can also be
achieved. The spectra that were obtained of the transmitted
signals confirm these points. The resistance of the scheme
to crosstalk caused by any frequency overlap was
investigated by computer simulation and is discussed in

Chapter 9.

5.1.2 Demodulation of the transmitted signals

The scheme is designed so that it is not necessary to do any
bandpass filtering on the received signal. This is because
the baseband filter (matched to the transmitter filter) at
the receiver will reject all the unwanted components,
including echo from the signal being transmitted in the
opposite direction. Figure 5.2 illustrates the recovery of
the high and low band signals. The in-phase or gquadrature
channel will be recovered depending on the phase of the
recovered carrier by which the received signal is
multipiied. Once again, the null at the Nyquist frequency of
PRS and the high order digital receiver filter allows
critical filtering requirements to be met with relative

ease.
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5.1.3 Zero-crossing Pilot Tone scheme

In the case of the low band the 600 Hz pilot tone will be
situated exactly on the band edge and will not be removed,
but will only be slightly attenuated, by the receiver
filter. This, however, does not cause interference as a
result of the zero-crossing scheme- which is used. The new
scheme allows a pilot tone to be transmitted along with the
signal without requiring a guard band between the tone and
the signal. The main advantage of this is that no extra
bandwidth is required to transmit the pilot tone. The pilot
tone is transmitted at the Nyquist frequency (600 Hz), which
is very convenient as all clock frequencies are directly
related to this frequency. The crux of the scheme is that
‘the zero crossings of the pilot tone coincide exactly with
the receiver sampling instants. The digital nature of the
hardware ensures that this relationship is exact. Also, all
Nyquist filtering is implemented by finite impulse responseé
digital filters which have linear phase. As a result, these
filters will also not affect the phase relationship between

“the pilot tone and the signal.

Optimum sampling Instants

v

_Data signal

Zero
Interterence at
sampling Instant

o) Tb - 2Tb 3Tb

t———.

Figure 5.3 Zero-crossing pilot tone scheme for the low band
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As the amplitude of the pilot tone is increased, there will
be a corresponding increase in the overall power of the
signal. However, sincé the maximum signal power on telephone
lines is specified, it follows that the power in the data-
carrying component of the signal will have to be decreased.
Thus there will be some degradation in the probability of
error vs. SNR performance. The P(e) vs. SNR curve given in
section 3.4 will shift to the right by an amount equal to
the power of the pilot tone. Figures 5.4 (a) and (b) show
how the amplitude of the 49 QPRS signal is increased by the
addition of a pilot tone.

Another effect caused by the addition of the pilot tone is a
twisting of the eye openings. Due to the zero-crossing
relationship between the data signal and the pilot tone
which has been described{ there will still be no
interference at the sampling instants. However, the twisting
of the eye openings causes the horizontal eye width to be
slightly narrowed. This will ©be translated into a
corresponding increase in timing sensitivity. Figure 5.4 (c)
shows the demodulated baseband signal.



Figure 5.4 Effect of 600 Hz pilot tone on the low band
signal (Computer simulations are shown)

a) 49 QPRS signal without pilot tone

b) 49 QPRS signal with pilot tone added

c) Demodulated in-phase channel showing twisting effect
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5.2 CLOCKING OF THE MODEM AND CLOCK RECOVERY

There are various clock frequencies that have to be
considered in the modem design. At the’transmitter, there
must be signals for sampling the binary data from the host
system as well as a higher frequency clock for digitally
generating each point of the transmitted waveform. The
receiver must have access to three signals. The first is the
-sampling signal for sampling the received waveform. The
second 1is the carrier signal which is used for coherent
- demodulation of the 49 QPRS signal. Finally, the symbol
timing signal 1is necessary for sampling the demodulated
- waveform at the optimum sampling instant. The optimum
sampling instant is the point of maximum vertical eye
opening and should not be confused with the sampling of the
received signal. A factor which must be taken into account
when selecting the appropriate frequencies is the sampling
theorem, as well as related concepts such as aliasing, the
aperture effect and oversampling, which will be briefly

explained.

5.2.1 The sampling theorem

The sampling theorem, which will not be proved here, is one
of the most important theorems in communication theory. The
theorem can be stated as follows [5.1]:

A signal bandlimited to B Hz (i.e. 1its Fourier
transform is zero for |w| < 27B) is wuniquely
determined by its values at uniform intervals not
greater than 1/2B seconds apart. Conversely a signal
bandlimited to B Hz can be reconstructed from its
samples taken uniformly at a rate not less than 2B

samples per second.
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Figure 5.5 Sampling of a bandlimited signal

a) and b) The signal being sampled and its spectrum
c) and d) The sampling signal and its spectrum

e) and f) The sampled signal and its spectrum

Aliasing

From figure 5.5 it can be seen that the spectrum of the
sampled signal consists of replicas of the original
bandlimited signal spectrum. The spacing of these replicas
is inversely proportional to the sampling frequency. 1In
order to recover the original ‘signal, these spectral
replicas must be removed by a low pass filter. If the
sampling frequency is less that the 2B samples per second
limit specified by the sampiing theorem, then the spectral
replicas will overlap. Once this occurs the original signal
. can no longer be completely recovered.
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Aperture Effect

The envelope of the spectrum of the sampled signal has a
sinc(x) type shape which has a null frequency inversely
proportional to the width of the sampling pulses. If the
pulses are excessively wide, the innermost spectrum (the
baseband spectrum) may be affected to the extent that the
signal becomes distorted. There is usually a trade-off, as
decreasing the pulse width also decreases the signal power,

which is often undesirable.

Oversampling

Oversampling simply means that the signal is sampled at a
higher frequency than theoretically necessary. This has
important advantages. The higher the sampling frequency, the
greater the distance between the spectral replicas. If the
signal were sampled near the theoretical minimum sampling
frequency, the spectral repiicas would 1lie Very close to
each other. This would cause the low paés filter constraints
to be very strict, and some group delay distortion is likely
to occur around the cut-off frequency. Oversampling moves
the spectral replicas further out, easing the filter
constraints. If the width of the pulses is made equal to the
sampling interval, then oversampling will also decrease the
aperture effect, as the pulse width is decreased. Modern,
digital equipment, such as compact disk players, commonly
use four times oversampling, although this figure may vary.

5.2.2 Transmitter clock frequencies

There are two external clock frequencies to be considered at
the transmitter. The first is the data clock (4800 Hz) and
is used by the transmitter to sample binary data from the
host system. The second is the clock to decide when the
transmitter must generate each output sample. It was decided
that there would be an integral relationship between these

two frequencies as this simplifies timing.

The output sampling clock is subject to the constraints of
the sampling theorem. Theoretically, a bandpass signal need
" not be sampled at a frequency greater than twice its highest
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frequency, bﬁt only needs to be sampled at a frequency not
less than double its bandwidth [5.2]. Sampling at a
frequeﬁcy lower than the frequency of the bandpass signal
causes spectral replicas to appear between the signal and
DC. As long as these do not overlap, the signal can still be
recovered completely. Since the 49 QPRS signal is a bandpass
signal with a bandwidth of 1200 Hz, it would seem that a
frequency greater than 2400 Hz is necessary for sampling.
The problem is that the spectral replicas would interfere
with the frequency division multiplexing scheme beihg used.
Also, the spectral replicas of the high band channel would
occupy much of the fegion that is used by the low band.

The DSP56001 processor that was used to implement the
transmitter was capable of a large overkill in sampling as
it is extremely fast. It was decided that the maximum
possible sampling frequency Qould be used. This is because
there is a corresponding decrease in the analog filter
requirements when removing spectral replicas as well as a
decrease in aperture effect. It was decided that a sampling
frequency of 38.4 kHz would be used for test purposes, which
is 8 times the data input clock frequency of 4800 Hz.

In an actual system a clock would be supplied with the data
to the modem by the host system. This clock would have a
frequency of 4.8 kHz. The 38.4 kHz sampling signal could
then be generated from the 4.8 kHz bit using a phase-locked-
loop (PLL) with a divide-by-8 circuit in its feedback loop.
In the prototype transmitter which was built, however, the"
host system is simply a pseudorandom sequence generator. For
simplicity, the 38.4 kHz signal was generated using a clock
generator (see section 7.1). This was then divided down to
4.8 kHz using a divide-by-8 circuit. The 4.8 KkHz signal is
then used to clock the PRBS generator. '

5.2.3 Receiver clock frequencies and clock recovery

The proposed method of clock recovery is to use a single
pilot tone for each channel, which is transmitted with the
" data stream. Pilot tones have the advantage that they can
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easily be extracted at tﬁe‘ receiver using PLL's. In the
proposed‘scheme all the required signals, i.e. the sampling,
carrier and symbol timing signals, can be derived from a
single pilot tone. This is because the frequencies of these
waveforms are arranged to be exact multiples of each other.
The signals must be recovered from the transmitted waveforms
without excessive jitter and should not have any phase

ambiguity.

Once the 49 QPRS signal is sampled by the receiver it is
immediately multiplied by the in-phase and quadrature
carrier. In the case of the high band, the resulting
waveform will contain spectral components that extend up to
a frequency of 5.4 kHz. This was shown in section 5.1.2. The
sampling theorem states that this signal must be represented
by a sampling frequency of at least twice this frequency,
i.e. 10.4 kHz. A sampling ffequency of 19.2 kHz was chosen
as it is the lowest even multiple of the bit rate above 10.4
kHz.

Low band clock recovery

A phase-locked-loop arrangement would be used to regenerate
the required waveforms from the 600 Hz pilot tone. The VCO
must be set to run at '19.2 kHz, the receiver sampling
frequency, which is then divided by 16 to produce a 1200 Hz
signal. This signal is used by the receiver to regenerate
the in-phase and quadrature carriers and also indicates the
symbol timing (the baud rate is 1200). A further divide-by-
two circuit produces a 600 Hz waveform which is fed back to
the phase detector. Starting at the phase detector and
working backwards; it can be shown that the phase of all the

regenerated signals will be unambiguous.
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Figure 5.6 Clock recovery for the Low band signal

High band clock recovery

In this case all the required signals are generated from the
400 Hz pilot tone. There is no signal energy from either
channel in the vicinity of 400 Hz and so a phase-lock
loopwill be able to 1lock onto the signal without any
difficulty. '

As in the low band case, the VCO will run at 19.2 kHz, the
receiver sampling frequency. This is then divided by 8
producing a 2400 Hz signal which is used by the receiver to
regenerate the 2400 Hz quadrature carriers. The 1200 Hz
symbol timing frequencY~is then generated by dividing the
2400 Hz signal by two. A further divide-by-3 6pefation
brings the frequency down to 400 Hz which is fed back to the
phase detector. Once again, the phase of all the signals
will be unambiguous.
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Figﬁre 5.7 Clock recovery for the high band signal

5.3 sSummary

The proposed scheme uses 49 QPRS to achieve 4800 bps full-
duplex transmission in a usable bandwidth of 300 Hz to 3000
Hz. Like the V.22bis system, carrier frequencies of 1200 Hé

- and 2400 Hz are used for the two data directions. It is
proposed that no bandpass filtering will be necessary on the
received signals. Iﬁstead, the baseband Nyquist filter will
serve the dual purpose of matched filtering and rejecting
all unwanted frequency components. The Nyquist filter that
is used will be a square-root raised-cosine filter. Pilot
tones will be used for clock recovery. A pilot tone of 600
Hz is transmitted with the low band signal while a pilot
tone of 400 Hz is transmitted with the high band signal. The
pilot tones are arranged in such a way that all the
ﬁecessary receiver clock frequencies can be received from a
single pilot tone for each band.
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6. DIGITAL IMPLEMENTATION USING THE MOTOROLA
DSP56001

6.1 THE DSP56001, ARCHITECTURE AND CAPABILITIES

6.1.1 The advantages of using the DSP56001

The DSP56001 is a high-speéd, CMOS digital signal proceséor
and is designed to execute many DSP algorithms in as few
operations as possible ([6.1]. The advantages of using
digital signal processing over analog techniques include the
following:

a) Fewer components necessary as complex functions can
be implemented in software. '

b) Stable, deterministic performance.
c) High noise immunity and power supply rejection. -

d) Very close filter tolerances can be realized with

no filterfadjustmenté.

At the time of choosing the processor best suited to this
project, the two most 1likely candidates were the Texas
Instruments TMS32010 and the Motorola DSP56001. The DSP56001
was chosen because it was readily available mounted on a
convenient PC plug-in card and also had the following
further advantages relevant to this project:

a) A parallel architecture and a no-overhead, hardware
DO 1loop. The DO instruction does not cause any
additional time delay (this is not the case in the
TMS320 series processors). This allows FIR filters to
be implemented in the theoretical minimum number of
instruction cycles (one instruction per tap weight).
The parallel architecture allows an instruction
prefetch, a 24*%24 bit multiplication, a 656-bit
addition, two data moves and two address pointer
updates to be performed in a single instruction cycle.
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b) Modulo addressing regiéters allow efficient
implementation of circular buffers.

c) The processor operates at high speed (10.25 mips).
d) A built-in, four-quadrant sine-wave lookup table
which is useful for implementing modulation.

6.1.2 DBPS6001 architecture

A detailed discussion of the processor architecture will not
be given here but a summary of major components relevant to
this project is given. Much of the discussion will refer to

‘the labels X and Y as the chip has a dual nature, i.e. the
memory, buses, etc are divided into X and Y areas. The main

components of the processor are as follows:
.a) Data buses ' : -
" b) Address buses
c) Data ALU
d) Address ALU
e) X daté memory (with external expansion option)
f) Y data memory (with.external expansion option)
qg) Programicontroliér
h) Preram memory (with‘external expansion option)

i) Input and output consisting of:
- Memory expansion (Port A)

General purpose I/O0 (Ports B and C)
- Host interface '
- Serial communication interface (SCI)

' Syhchronous serial interface (SSI)
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Address regiéters (RO-R7) are 16 bits wide and may be
used to directly access 65536 X-memory locations,
65536 Y-memory locations and 65536 program-memory
locations. The contents of these registers may be ﬁre-
or post-updated according to the addressing mode
selected.

Offset registers (NO-N7) are 16 bits wide and may
contain offset values used to increment and decrement
address registers in register update calculations. For
example, an offset register can be used to step
through a table at any given rate, such as 4 locations
per step. In the transmitter program written for this
project it was necessary to step through a lookup
table at 32 locations per step and this was done using
an offset register. Offset registers can also be used
for general purpose storage.

Modifier régisters (MO-M7) are 16 bits wide and define
the addressing mode used in address calculations. In
this project two addressing modes are used. The first
is linear addressing which is the default mode. The
second is modulo addressing. In the this mode, the M
register will specify the modulus. This mode is used
for circular buffers. For example, in order to create
‘a circular buffer of length 16, a value of 15 will be
loaded into the MO register. The buffer will then be
pointed to with the RO address register.

X and Y Data memory

These 24-bit wide on-chip memory spaces each consist of two
parts. The lowest 256 locations (locations 0-255) are random
access memory (RAM). The next 256 locations (locations 256-
511) are factory programmed read-only memory (ROM). The X
data memory ROM is programmed with Mu-law and A-law
companding tables, while the Y data memory is programmed
with a full, four quadrant sine table. Both memory spaces
are expandable off-chip to 65536 locations.
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Program memory

The on-chip program memory consists of 512 locations of RAM.
The interrupt vector addresses are located in the lowest 64
locations. The program memory may be expanded externally to
65536 locations.

Input/Output
The DSP56001 has very advanced 1I/0 capabilities. The
following aspects of its capability are relevant to this

project:

The expansion port (Port a) is ghe external data bus
and is multiplexed to one of the three internal data
buses. The bus can interface to a wide variety of
devices and peripherals such as memory, A/D's, D/A's,
etc. The timing of this bus is also programmable for
interfacing to slower peripherals.

Ports B and C can be programmed either as dedicated
on-chip peripherals or general purpose I/0 pins. In
the latter case, a control register can be used to’
control the direction of the data flow. All the
registers involved are memory mapped and read/write.

Host interface .

The host interface is a full duplex, parallel port and can
be connected directly to the bus of a host processor. In
this project, the host processor is an IBM compatible PC
which is wused to program the DSP56001. Host processor
communication with the host interface is accomplished using
standard  host processor data move instructions and
addressing modes. Handshake flags are provided for polled or
interrupt driven data transfers with the host processor. It
is