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Abstract
CATV networks are considered a promising infrastructure for implementing future interactive
services. Efficient utilization of the available CATV spectrum requires a communication
system which is dedicated to the specific properties of these networks. This thesis presents
the physical layer of a bidirectional communication system for CATV networks which is
based on CDMA, a technique that has a certain robustness to the ingress found in the CATV
bandwidth.
It is shown that the application of ordinary, asynchronous CDMA results in a very poor
spectral efficiency. Therefore, a transmission scheme based on synchronous CDMA is adopted.
A trade-off between required SNR and user capacity results in the selection of the QPSK
modulation format. Using synchronous CDMA and QPSK modulation, a capacity of 64 64
kb/s channels can be achieved in a bandwidth of 6 MHz. It is found that small synchronization
errors can be tolerated without significant performance degradation.
Next, a detailed description is given of the cable modems responsible for implementing the
proposed transmission scheme. Their design exploits the typical CATV network configuration
to enable a cost-effective hardware realization. The modem design is verified by computer
simulations. Simulated system performance is found to be in good agreement with the theory.
Also, sensitivity of system performance to linear distortions is investigated. Especially linearly
varying group delay and fluctuating (non-flat) amplitude response are shown to be serious
causes of performance degradation.
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Chapter 1

Introduction
Community antenna television (CATV) was first introduced in the late 1960's and early 1970's
as a means to provide large numbers of homes with analog broadcast radio and video signals
of high quality. Originally, broadcast signals were received from the ether at a central office
or headend, and distributed over a coaxial cable network to individual subscriber residences.
Since, CATV providers have offered their subscribers an ever increasing variety of radio and
television programmes. Recently, due to the liberalization of the telecommunication market
and the integration of many local CATV networks under central management, providers are
considering the introduction of services that were traditionally monopolized by the telephone
companies, such as telephony and facsimile, and even new interactive services, such as videoon-demand and Internet access. In contrast with the traditional broadcast services, these new
cable applications require the transmission of information from individual subscribers to the
cable operator's central office. In modern installations, a dedicated return bandwidth within
the CATV spectrum has been reserved for this purpose.
Since 1993, the Telecommunications Section of the Eindhoven University of Technology has
been involved in research into bidirectional communications over CATV networks. A recent
result of the work is the characterization of the noise properties in the return bandwidth.
Serious levels of broadband and narrowband noise were found to be present in this frequency
region [28].
Currently, research efforts are focused on the design of a 64 kb/s bidirectional communication system which is dedicated to the specific characteristics of CATV networks. Because
of its inherent robustness to narrowband noise and interference, direct-sequence code division multiple-access (DS-CDMA) has been selected as the underlying multiple-access scheme.
In order to enable efficient and flexible frequency management and an all-digital hardware
implementation, the system bandwidth is restricted to 6 MHz (in each direction), which is
equivalent to the bandwidth occupied by a conventional television channel. For the time
being, a bit error rate (BER) of 10- 4 , which is sufficient for PCM telephony, is taken as an
objective. The aim of the work presented in this thesis is the design of the physical layer of the
communication system. Given the relatively small bandwidth reserved for bidirectional communications, providing a potentially very large number of CATV subscribers with a 64 kb/s
duplex channel requires a bandwidth-efficient transmission technique. On the other hand,
from the CATV provider's point of view it is necessary to pursue a system design which can
be implemented in a cost-effective way.
After this introduction, it will be investigated in Chapter 2 if and how the properties of the
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CATV transmission environment playa role in the choice for a transmission method. Based
on knowledge about the possibilities and limitations of the CATV network, a suitable CDMA
based transmission scheme is selected in Chapter 3. In Chapter 4, we present the design of
the modems operating according to this scheme. The modem performance is investigated by
computer simulation in Chapter 5. In this chapter, special attention is paid to performance
degradation due to linear distortions. Overall conclusions will be drawn in Chapter 6.

Chapter 2

Properties of the CATV
transmission environment
2.1

Introduction

In the design of an efficient communication system it is necessary to have sufficient knowledge
about the transmission environment in which the system is to be used. In the following, we
will therefore discuss the CATV network architecture (in particular the promising HFC architecture) and some important channel parameters. As the downstream channel was originally
designed for the broadcast of analog signals at high quality, its properties can be characterized
as very good. We will mainly focus on the return path characteristics.

2.2

Network architecture

CATV network topologies can be divided into two broad categories: the tap-type or bus
topology and the star-type topology. Both network types offer no or only a limited level of
electrical separation between physical connections and are therefore called shared mediums.
Conventional all-coaxial networks offer only a very small bandwidth per subscriber and are
hardly suitable for the implementation of interactive services.

multi-tap

end
amplifier

Figure 2.1: Hybrid fiber-coax network, equipped with two-way actives.
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In th~ late 1980's, some CATV operators have rebuilt parts of their networks with optical
fiber, following the introduction of affordable, highly linear lasers that could convert analog
electrical signals into light waves. Although this upgrading operation was primarily performed
to improve analog signal quality and to reduce network maintenance costs, the resulting
architecture is considered very promising for bidirectional communications also.
The hybrid fiber-coax (HFC) network, which is shown in Fig. 2.1, has become a standard
in the CATV industry. It is typically a star-type network, and can be characterized by
its highly hierarchical architecture. Due to its original broadcast function, the network has
a typical tree and branch architecture, emanating from the central office or headend, and
terminating at the subscriber residences. Groups of up to 150 subscribers are connected via
coaxial cables to a district centre, which is in turn connected to a central office or headend
via a number of optical fibers. In the broadcast or downstream direction, amplification along
the coaxial path is performed by active elements or actives, and passive multi-taps are used
to provide portions of the signal power to individual subscribers.
In recent years, anticipating the advent offuture interactive services, some CATV providers
have equipped their networks with two-way actives, thus supporting communication in the
upstream direction, i.e. from individual subscribers to the headend. Due to the absence of
electrical separation, each signal received at the headend is the sum of a number of subscriber
signals. In the return path, signals sent from ca. 20 subscribers are first combined at a multitap and amplified by the return end amplifier. They then reach the group amplifier, where
they are again combined with signals from other end amplifiers to a composite of up to 150
signals. At the district centre, the composite signals from the group amplifiers are converted
into optical signals, and transmitted via separate fibers to the headend. Thus, the available
return bandwidth is shared by maximally ca. 150 subscribers, although the exact number
varies from one network to the other. This number of ca. 150 users is small in comparison
with other network architectures, and yields an effective return bandwidth of ca. 170 kHz per
subscriber.
The way the CATV spectrum is allocated for downstream and upstream transmissions is
a design choice of the network operator. Most commonly, the bandwidth from 5 to 30 MHz
is reserved for return traffic, and the downstream bandwidth extends from 47 to 750 MHz
or further (view Fig. 2.2). The frequency region between 30 and 47 MHz serves as a guard
bandwidth. It is used as a transition bandwidth for the so-called diplex filters in the two-way
actives, which separate the upstream from the downstream spectrum.

5MHz

30 MHz

47 MHz

>750 MHz

Figure 2.2: Ba.ndwidth allocation in a HFC network.

2.3

Return path characteristics

Providing a reliable solution for bidirectional communications over CATV networks requires
knowledge about the channel characteristics in both the downstream and upstream direc-
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. tiQrr. Existing CATV networks have originally been designed for the purpose of downstream
transmission of analog signals at high quality. The downstream channel properties are therefore well-understood and even subject to government regulation (for Dutch regulations, see
ref. [16]). They can be characterized as very good with respect to both frequency response
and noise properties. The quality of the return bandwidth however is on average much lower
and will therefore be the limiting factor of the achievable capacity of a symmetrical service.
In the following, we will pay attention to three major aspects of the return path characteristics: amplitude and phase response, channel noise properties, and achievable signal-ta-noise
ratio (SNR), which is in fact determined by the former two aspects. For a thorough understanding of the CATV transmission environment, we should also discuss non-ideal behaviour
such as echoes and non-linear amplification, electrical-ta-optical (E/O) conversion and opticalto-electrical (a/E) conversion. At the present time however, very little is known about these
aspects.

2.3.1

Noise properties

The tree and branch architecture of the HFC network results in a phenomenon called noise
funneling [4J, which is the summation of unwanted noise and ingress from both the subscribers
and the cable plant in the upstream direction. This effect is especially very serious in networks
with large numbers of subscribers connected to a single node. Due to noise funneling, serious
levels of broadband and narrowband noise can be found in the upstream bandwidth. This is
illustrated in Fig. 2.3, which shows typical return path spectra as measured at the headends
of cable networks in two major cities in the Benelux [28]. Here, we will refer to these networks
as network type 1 and 2. Network type 1 is a modern HFC network and network type 2 has
a typical tap-type topology. The noise spectra were measured in the late evening, when the
noise levels are relatively high, and may therefore be considered pessimistic.
The types of ingress that appear on the cable return path can be classified into three
categories [28J:
• narrowband man-made interference, originating from external sources (in particular
shortwave radio broadcast);
• wideband internal noise, caused by active components in the CATV network;
• wideband external noise, generated by network connected devices at subscriber locations.
While the two latter categories of ingress appear as a noise floor in the spectra of Fig. 2.3, the
narrowband man-made interference is responsible for the relatively high peaks in the lower
(5-15 MHz) frequency part.
Without special precautions, the presence of one or a few narrowband interferers can lead
to intolerable degradation of the performance of a communication system [4J. Therefore,
existing systems make hardly any use of the 5-15 MHz portion of the upstream spectrum.
It is clear that this results in a poor utilization efficiency of the limited amount of return
bandwidth. The effects of narrowband interference can to a certain extent be overcome
by using a transmission scheme based on code division multiple-access (CDMA). As will be
discussed in the next chapter, CDMA is a multiple-access technique which is rather insensitive
to narrowband noise, provided that the overall SNR in the system bandwidth is sufficiently
high.
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Figure 2.3: Return path noise spectrum, measured at the headends of two major networks in the Benelux.

2.3.2

Amplitude and phase response

Generally, the undistorted transmission of a signal requires the used channel to be ideal,
i.e. the channel amplitude and group delay response should be flat over the frequency range
of interest. Non-constant amplitude and/or group delay result in signal distortion and hence
degradation of system performance. Unfortunately, the frequency response of the upstream
channel is far from ideal, which is mainly due to filtering of the CATV spectrum by cascaded two-way actives. The very stringent requirements on the analog diplex filters (narrow
transition bandwidth, high stopband attenuation) result in inevitable linear distortion in the
passbands. In the 5-15 MHz region of the CATV bandwidth, especially group delay variations
are prominent (typical slopes of ca. 6 ns/MHz [27]). The larger the number of cascaded amplifiers, the more linear distortion will be experienced in the upstream bandwidth. Although
this number is only two in modern HFC networks (Fig. 2.1), it may amount up to ca. 6 in
more conventional networks.
The amount of system performance degradation due to linear distortion does not only
depend on the maximum amplitude and group delay variation within the system bandwidth.
It also depends on the particular shape of the channel frequency response and, of course, the
deployed transmission technique. The effect of linear distortion on the quality of a communication system can not be derived by analytical means, but must be determined by performing
computer simulations. This will be done in Chapter 5.

2.3.3

Signal-to-noise ratio

As was mentioned, one interesting way of coping with the narrowband noise present in the
CATV return bandwidth is the application of CDMA. Typical for CDMA is that the noise

2.4 Conclusions

7

and interference present in the channel are spread out over the full system bandwidth at
the receiver. Thus, CDMA performance is rather insensitive to narrowband interference and
depends mainly on the overall SNR in the system bandwidth. Given the return path noise
characteristics, the achievable SNR depends on the transmit power of the subscriber modem
and the signal attenuation in the upstream path.
The upstream transmit power is limited by at least two factors. Firstly, the lasers which
perform E/O conversion in the upstream path have only a rather limited linear region. To
avoid serious signal distortion, the power of the electrical signals driving these lasers should
stay well within this linear region. This limitation could be overcome by regeneration of
the information carried on the received electrical signal, and subsequent retransmission of
this information over the optical link using digital transmission techniques. However, from
the cable operator's point of view this would be undesirable, since the network would be no
longer transparent. A second factor is that, without taking adequate measures, the inputs of
television receivers are saturated by a too high signal power employed by a cable modem at
the subscriber residence. Unfortunately, it is generally not possible to indicate which of the
above factors is more critical and what signal powers can actually be used.
The return path is generally designed to provide unity gain from the first return active to
the headend receiver. Signals generated at the subscriber premises encounter varying degrees
of attenuation from the subscriber to the first return active, due to the varying physical
lengths of the transmission paths. Although these variations can be partly corrected with the
use of multi-taps that attenuate the signals from "near-by" subscribers more than that from
"far-away" ones, they can be as large as 15 dB. This requires the subscriber modem to deploy
a transmit power which can be controlled in a range of at least 15 dB.
The SNR which can in practice be achieved in the CATV return bandwidth will depend
on a combination of the forementioned factors. As was shown, these are strongly varying
from one network to the other, or even unknown. No general conclusions can therefore be
drawn with respect to the spectral availability of the CATV return path to a system requiring
a certain minimum SNR. However, from Fig. 2.3 it can be seen that the average noise power
spectral density in the 5-15 MHz region is substantially higher (> 10 dB) than that in the full
upstream bandwidth. The available SNR is therefore considerably smaller from 5 to 15 MHz
than at higher frequencies. Hence, we may conclude that a communication system designed
for use in the 5-15 MHz frequency region should preferably operate at low SNR.

2.4

Conclusions

CATV networks, originally designed for the distribution of analog signals, are now considered
a promising infrastructure for the implementation of interactive services. The HFC network
architecture is very interesting in this respect, because it provides a relatively large bandwidth
per user, it suffers relatively little from linear distortion, and it has comparatively good noise
properties. Nevertheless, the CATV return path can be characterized as noisy and far from
ideal with respect to linear distortion. Especially the 5-15 MHz bandwidth region is severely
mutilated by narrowband interference and non-constant group delay. As a consequence,
this frequency region is hardly used by existing systems, leading to inefficient bandwidth
utilization. A CDMA- based communication system is expected to provide a suitable solution
for this, because it is rather insensitive to narrowband noise. Because the noise power in the
5-15 MHz bandwidth is relatively high, such a system should preferably operate at low SNR.
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Th~ ~ffects of linear distortion on the system performance must be determined by computer
simulation. This will be done in Chapter 5.

Chapter 3

A CDMA based transmission
scheme
3.1

Introduction

In this chapter, a CDMA based transmission scheme will be adopted which provides good
user capacity and allows for efficient implementation in the CATV network. Firstly, we
will discuss the principles of DS-CDMA and determine the capacity which can be achieved
using conventional, asynchronous DS-CDMA. In pursuit of possible capacity improvement,
attention will be paid to synchronous DS-CDMA and higher-order modulation formats, such
as QPSK and 16-QAM. Next, an optimum set of CDMA codes will be discussed which allow
for efficient implementation of synchronous DS-CDMA in the CATV network. Finally, we
investigate the effects of imperfect network synchronization and signal power control on the
performance of the selected transmission scheme.

3.2

Principles of DS-CDMA

In recent years there has been increased interest in a class of multiple-access techniques known
as code-division multiple access (CDMA). The CDMA techniques are those multiple-access
methods in which the multiple-access capability is due primarily to coding and in which, unlike
traditional time- and frequency-division multiple-access (TDMA and FDMA, respectively),
there is minimum coordination between active users, i.e. every user is allowed access to the
full available bandwidth at any time, view Fig. 3.1. In the most common form of CDMA, each
user is assigned a particular code sequence which is modulated on the carrier along with the
digital data. The CDMA techniques are characterized by the use of high-rate code (i.e. many
code symbols per data symbol), which has the effect of spreading the bandwidth of the data
signal. CDMA systems therefore belong to the wider class of spread-spectrum systems, which
have been used in military applications for over half a century. The essence of spread-spectrum
communication systems is that they employ a signal bandwidth that is typically much higher
than the minimum necessary to send the information. Spread-spectrum exhibits a number of
properties that are advantageous for reliable communication over a shared channel which is
severely contaminated by undesired signals, such as the CATV return path. These properties
include a certain level of resistance to narrowband interference and jamming, and a multipleaccess capability.
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I

------

frequency

(a) FDMA

frequency

(b) TDMA

(c) CDMA

Figure 3.1: Illustration of multiple-access techniques.

The two most popular forms of CDMA are frequency-hopped CDMA (FH-CDMA) and
direct-sequence CDMA (DS-CDMA). DS-CDMA utilizes the most common form of spreadspectrum modulation: each transmitter's data-modulated carrier is spread by multiplying it
by the transmitter's unique binary code sequence.
A basic DS-CDMA communication system for N u users is shown in Fig. 3.2. At the jth
transmitter, the user's binary data signal bj(t), which has bit rate R b , is first modulated. The
modulated carrier - which has a null-to-null bandwidth of 2R s , where R s = Rblm is the data
symbol rate, m depending on the applied modulation technique - is then multiplied by a
(t) with a so-called chip rate R c that is much larger than the symbol
bipolar code waveform
rate. The resulting spread waveform is a wideband signal with a null-to-null bandwidth of
2Rc • In most practical cases, where there is one code period per data symbol, R c = N R s ,
where N is the length of the spreading code sequence corresponding to the waveform
(t).
The ratio ReiRb = RclmR s = N 1m is referred to as the processing gain G p • Note that
G p = N for binary modulation schemes, whereas for higher-order modulation, Gp < N. The
desired properties of the spreading code sequences will be discussed in Section 3.3.2.

cf

cf

1\

b,(t)

receiver

b,(t)

J(I)

spreading code
generator

spreading code
generator

Figure 3.2: Simplified model of a. DS-CDMA system.

At the jth receiver, a delayed version of the jth user's spread signal is received together
with delayed versions of the spread signals of the other Nu - 1 users and an interfering signal
j(t), which is the composite of various afflicting signals which are present in the channel. The
receiver performs a despreading function on the received signal by multiplying it by a timealigned copy of the spreading waveform
(t). As a result, the jth user's data modulated
carrier is returned to its original bandwidth.
On the other hand, the received CDMA signals from the other users are still wideband
after despreading, since their spreading code sequences do not match that of the jth user.
The interference between these signals and the desired signal at the receiver is referred to

cf
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as self noise or multiple-acc~s~ interference (MAl). At despreading, the energy of possibly
present narrowband interfering signals is spread over the full system bandwidth, so that the
maxima of their power spectral density are reduced. For large processing gain, the total
of all interfering signals (interference from other users, narrowband interference, wideband
background noise) can be approximately modelled after despreading as an additive white
Gaussian noise (AWGN) signal. Of course, this Gaussian noise signal has the same total
energy as the interference and noise signals before despreading, but because the maxima of
its power spectral density are significantly lower, it is much less harmful to the desired signal.
DS-CDMA has therefore a certain robustness against narrowband interference. The system
error performance that is evaluated using the Gaussian approximation is found to be very
accurate in most cases [19J, [29], [6], [7].
Besides its robustness against narrowband interference, DS-CDMA has a multiple-access
capability due to the coding with low cross-correlation spreading waveforms. The CDMA
signal of each active user contributes to the background noise affecting all the users, but
by - among other things - the selection of a spreading code set with good orthogonality,
the MAl can be kept minimum. However, unlike TDMA and FDMA systems, increasing
the number of active users gradually degrades the overall system performance. The (user)
capacity of a DS-CDMA system is defined here as the maximum number of simultaneous
users that can be accommodated at a given level of system performance in terms of BER.

3.3

Capacity of DS-CDMA

The most common form of DS-CDMA, in which there is no form of synchronization between
the users, is also referred to as asynchronous CDMA (A-CDMA). The primary advantage of
A-CDMA lies in the fact that users can access the channel totally uncoordinated. This is
especially useful in situations where accurate network timing is very hard to implement, due
to e.g. fast changing transmitterjreceiver positions and poor channel quality, as is often the
case in wireless telephony. Much effort has been done to investigate the achievable capacity
of cellular telephony systems based on asynchronous DS-CDMA. Results in [17] show that
the use of high-order modulation techniques does not improve the A-CDMA capacity, due
to the fact that such a method would exhibit more vulnerability to the background noise
and interference, while it would not reduce the MAL Under practical circumstances, the
performance of QPSK is slightly better than that of BPSK, and much better than that of
16-QAM.

3.3.1

Error performance of A-QPSK-CDMA

An expression for the error performance of A-CDMA using QPSK modulation (A-QPSKCDMA) has been derived by Pursley and Garber [20]. It is assumed that each CDMA
receiver consists of a pair of synchronized correlation receivers, one of them matched to the
in-phase (1) channel and the other to the quadrature (Q) channel, as depicted in Fig. 3.3. If
all simultaneous CDMA signals are received at equal power (perfect power control), the SNR
at the input of the threshold device at the jth receiver can be expressed as

SNRj =

Nu

3 -1

{

(48G p )

.

-1/2

~r

L;: .[2/Li,j(0) + JLi,j(l)J + 2E

l=l,l,eJ

iVO

b }

'

(3.1)

12

A CDMA based transmission scheme

where Gp = N /2 is the processing gain, E b is the received bit energy per user, and No is the
average one-sided spectral density of the channel noise. In tbis equation, the term containing
J.Li,j(O) and J.Li,j(l) represents the MAl, while No/2Eb is the channel noise contribution. The
parameters J.Li,j(l) are defined by
N-l

J.Li,j(l) ~

L

Ci~(n)Ci~(n + I),

(3.2)

n=l-N

and are a measure for the cross-correlation between the spreading sequences in the code set.
In equation (3.2), the discrete aperiodic cross-correlation function Ci~(l) is defined as
O~I~N-1
I-N~l~O

0,

III

(3.3)

~ N,

C;;i

where
E {+1, -I} represents the nth element of the ith user's spreading sequence of
length N'. As is well-known from the theory of conventional QPSK, the bit error probability
for the jth user can be computed by applying the Gaussian probability integral function Q(.)
to the found expression for SNRj.

r(l)

Figure 3.3: Optimum receiver of a QPSK DS-CDMA system.

3.3.2

Code sequence selection

Spectrum spreading in a DS-CDMA system is achieved by multiplying each data-modulated
carrier by a unique spreading waveform, as was described in Section 3.2. For perfect spreading
of the signal power over the spread system bandwidth, it would be necessary to employ a
Gaussian noise spreading waveform, so that the spread signal would have a white spectrum.
However, storage and reproduction at the receiver of Gaussian spreading waveforms would
severely complicate the implementation of practical CDMA systems. Therefore, in practice,
system complexity is limited by the use of deterministic binary sequences which have so-called
pseudo-noise (PN) properties, and are therefore called PN-sequences. These properties are
the following [111:
• Relative frequencies of "0" and "I" are each 1/2;
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• run lengths (of zeros or ones) are: half of all run lengths are unity;

one~quarter are

of
length two; one-eigth are of length three; a fraction 1/2 of all runs are of length n for
all finite nj
n

• if the pseudo-random sequence is shifted by any nonzero number of elements, the resulting sequence will have an (almost) equal number of agreements and disagreements with
the original sequence, i.e. the discrete-time autocorrelation function of the sequence
equals the sequence length at zero phase and -1 otherwise.
Families ofPN-sequences (e.g. maximum length sequences, Gold-sequences, Kasami-sequences)
can be easily generated with linear feedback shift registers (see Chapter 4).
It has been shown [21] that for truly random binary sequences, the expression (3.1) reduces
to

(3.4)
In practice similar values of SNR, and hence similar BER can be achieved by employing PNsequences with good cross-correlation properties. Besides the minimization of MAl, another
Table 3.1: Properties of some well-known PN sequence sets.

sequence
length

# of
sequences

63
63
63
63
63
65
127
255
255
255
255
255
255

65
65
64
8
520
63
129
257
257
256
256
16
4111

possible cross-correlation
function values
15 -1 -17
15 11 7 3 -1 -5 -9 -13
15 7 -1 -9 -17
7 -1 -9
157-1-9-17
15 11 7 3 -1 -5 -9 -13
15 -1 -17
31 15 -1 -17
31..15 11 7 3 -1 -5 -9 -13 -17 -29
31 15 -1 -17 -33
3115 -1 -17 -33
15 -1 -17
31 15 -1 -17 -33

PN-sequence type
Gold sequences
reciprocal m-sequences
dual-BCH sequences
small set Kasami sequences
large set Kasami sequences
other
Gold sequences
special m-sequences
reciprocal m-sequences
Gold-like sequences
dual-BCH sequences
small-set Kasami sequences
large set Kasami sequences

important issue in the design of a CDMA system is the synchronization at the receiver of the
replica code sequence with the received code sequence. This synchronization between transmitter and receiver is necessary for the removal of the encoding sequence and the recovery
of the baseband information, as was seen in Section 3.2. The timing of the received signal is
commonly determined by a correlator which is matched to the code sequence of the desired
signal, and detects the high autocorrelation peak which occurs when the received code is in
phase with the replica code.- Different users sharing the same bandwidth can interfere with
the successful acquisition and tracking of the received code phase by having the receiver of
one communication link lock onto the cross-correlation peaks obtained by correlating with
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Figure 3.4: Error performance of A-QPSK-CDMA employing Gold sequences (solid) and random sequences (dotted).
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18 dB.

=

the spreading sequence of a different communication link. Thus the performance of a CDMA
system depends on the selection of sequence sets with uniformly low cross-correlation values.
In his 1967 paper [10], Gold presented a family of PN-sequences which have good properties
in this respect (view Table 3.1). These code sequences became known as Gold sequences.
In order to determine the capacity of an A-QPSK-CDMA system using Gold sequences,
computer simulations have been performed to evaluate the MAl for various numbers of simultaneous users. The processing gain of the simulated system is 18 dB, which corresponds
to Gold sequences of length 127. As will be seen in Chapter 4, this is the maximum sequence
length that can be used in the available bandwidth of 6 MHz. The simulation results are
plotted in Fig. 3.4. This figure also shows the error performance of A-QPSK-CDMA employing truly random sequences, according to equation (3.4). It is indeed seen that the BER
which is achieved using Gold sequences is similar to the BER using random sequences. For an
increasing number of simultaneous users, the system performance degrades fast. At a BER
of 10- 4 , less than 15 users can be accommodated in a 6 MHz channel for practical values of
E b / No « 20 dB). This means a very inefficient utilization of CATV bandwidth: more than
400 kHz of spectrum per 64 kb/s channel.

3.4

Synchronous DS-CDMA

In the previous section, it has been shown that the capacity of A-CDMA is considerably
limited by the mutual interference between all users. In order to increase capacity while
maintaining (most of) the advantageous properties of CDMA, a number of techniques have
been proposed which reduce or even eliminate this interference.
At present, rather specialized signal processing techniques are being developed which
attempt to cancel MAl using a so-called multi-user receiver [9]. Theoretically, these multi-
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user r~<;:eivers would be capable of restoring orthogonality of the CDMA channels and would
hence provide much higher user capacity than conventional DS-CDMA. However, the ordinary
single-user receiver is to date the only practically implementable one for systems with a large
number of users, due to the complexity of the interference cancellation algorithms.
An alternative method to improve CDMA capacity was recently proposed by De Gaudenzi [6J and requires the synchronization of the simultaneous transmissions at the chip level.
This accurate synchronization allows the use of (quasi-) orthogonal code sequences, which
have (almost) zero cross-correlation at zero phase, resulting in (almost) no MAL This synchronous CDMA (S-CDMA) technique is therefore an orthogonal multiple-access scheme like
FDMA and TDMA, which are orthogonal in the frequency and the time domain, respectively.
It possesses all the intrinsic advantages of CDMA, except that it requires precise coordination
between the users with respect to timing.
S-CDMA is expected to be a very appropriate transmission scheme for application in the
CATV network, because its configuration considerably simplifies accurate synchronization
of transmissions. In the downstream link this synchronization is straightforward, because
all transmitters are situated at the same location (the headend). In the upstream link the
transmitters experience various transmission delays in the paths to the headend. However,
since the network has a fixed topology, synchronization of upstream signals is automatically
maintained once it has been established.

3.4.1

Modulation format

In contrast with A-CDMA, S-CDMA provides good channel separation due to the encoding
of the transmissions with orthogonal or almost orthogonal code sequences. Therefore, SCDMA provides the possibility to employ higher-order modulation methods. These generally
require higher SNR to achieve a given BER than binary schemes such as BPSK, but, using
S-CDMA, increased energy in one channel does hardly result in increased MAl levels in
the other channels. Furthermore, the application of higher-order modulation reduces the
bandwidth of the data modulated carrier before spreading, thus allowing the use of longer
spreading sequences. In general, larger code sequence sets can be found for greater sequence
lengths. Because the number of channels is proportional to the number of available code
sequences, this leads to improved user capacity.
The selection of a modulation format for communications in the CATV network has to
be preceded by a trade-off between the above aspects: required SNR and capacity. In the
following, we will investigate the former aspect by deriving mathematical expressions for the
BER performance of S-CDMA with different modulation formats. Among the bandwidth
efficient modulation techniques such as M-ASK, M-PSK, M-FSK, and M-QAM, M-QAM
gives the best error performance [IJ. In conventional use, the Eb/No requirement of M-QAM
for a BER of 10- 4 is less by ca. 2 dB for M =16, and by more than 10 dB for M =64, as compared to M-PSK. (Note that 4-PSK and 4-QAM are identical to QPSK.) In determining the
error performance of S-CDMA using different modulation methods, we will therefore restrict
ourselves to BPSK and M-QAM.
Error performance of S-BPSK-CDMA
We now derive an expression for the error performance of an S-CDMA system using a BPSK
modulation format (S-BPSK-CDMA). Assuming perfect chip synchronization and power con-
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trol,. the

rec~ived

signal at the receiver is
N"

ret) =

L

Abi(t)cf' (t) cos(wct + Bi )

+ net),

(3.5)

i==l

where A, cf' (t), We, and (}i are the amplitude, the unit-amplitude spreading waveform, the
carrier frequency, and the carrier phase of the ith user, respectively; bi(t) = L~-oo bk,iPT(tkT) is the bipolar data signal, net) is the channel noise process with average two-sided power
spectral density N o/2, N is the code sequence length, T = NTc is the symbol (here: bit)
period, Tc = R;l is the chip period, and PT(t) is a unit-amplitude rectangular pulse signal
which is zero for t < 0 and t > T.
Correlation of the received signal with a local carrier and a phase-aligned replica code
sequence yields (view Fig. 305)

AT
Yj = Tbo,j

+ 1/J + 7],

(3.6)

where
1/J

L 10r Mt)cf'(t)cf(t) cos (}idt

A

T

N"

="2

i==l,i'lj

(307)

0

is the MAl, and 7] = JoT n(t)cf (t) cos(wct + Bj)dt is a zero-mean Gaussian noise term with variance (T~ = NoT/4. In the derivation of (306), the double frequency component of ret) cos(wct+
Bj) has been neglected
0
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Figure 3.5: Optimum receiver of an S-BPSK-CDMA system.

The variance of the MAl can be written as
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Equation (3.8) can be rewritten as
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where
1

JL;' ~ N _

Nu

1

L

[Ct,j(O)] 2

(3.11)

i=l,i,ej

U

is the quadratic average cross-correlation factor [6J for the jth user. Usually, this factor
is the same for all users i (1 ~ i ~ N u ), say JLN.
The probability of bit error can now be given by

JLl(

(3.12)

where E b = A 2T /2 is the bit energy per user, and Gp = N is the processing gain.

Error performance of S-QAM-CDMA
The error performance of an S-CDMA system employing M-ary QAM (S-QAM-CDMA)
can be obtained as follows. If for a given system bandwidth a BPSK modulated DS-CDMA
system can employ spreading sequences of length G p , a system based on M-QAM - mapping
m ~ log2 M bits on one symbol - can utilize sequences of length mGp. The received signal
at the receiver is then
Nu

r(t) =

L A[d~(t) cos(wct + Bd + d£(t) sin(wct + Bi)]c;"Gp(t) + n(t),

(3.13)

where
00

d~(t) =

L

d2k,iPT(t - kT)

(3.14)

d2 k-l,iPT(t - kT)

(3.15)

k=-oo

and
00

d;(t)

=

L
k=-oo

are the information-bearing waveforms in the in-phase (I) and quadrature (Q) channels,
respectively. The elements of the data sequence dk,i can take on the values ±(2l + 1),
Gp
1 = 0,1, ... , (m - 2)/2;
(t) is the unit-amplitude spreading waveform, and T = mGpTc is
the symbol period.
The jth receiver consists of a pair of synchronized correlation receivers (view Fig. 3.6), one
of them matched to the I and the other to the Q channel. For the determination of the average
bit error probability, only the SNR at the output of the I correlator will be evaluated. By
symmetry, the SNR in the Q branch will be the same. The output of the in-phase correlator
of the jth receiver is

c7

.

AT

yj = Tdo,j + 1/J + 'f/,

(3.16)
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where 'ljJ is the MAl and 'TJ is a Gaussian variable with variance NoT /4. The variance of the
MAl is (compare equation (3.8))
.
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,

where
(3.18)
The expectances E{d6,i} and E{d~l,i} can be shown to equal (2 m
reduces to

-

1)/3 [24], and (3.17)

(3.19)
where
(3.20)

is the quadratic average cross-correlation factor for the jth user. Again we make use of the
p
fact that Jl",:G is the same for all users i (1 ~ i ~ N u ), say Jl mGp .
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Figure 3.6: Optimum receiver of an S-QAM-CDMA system.

From (3.16) it is seen that the distance between adjacent M-ary symbols in the received
signal space is d = AT. The probability of symbol error can now be given by [24J

s

P = 4

-1) (Ja~ + a~

( v'2ffi
..j2ffi

'"
'" 4 (..j2ffi
M;;;
y2 m

Q

1) (
Q

d/2

)

x

[

(J2ffi -1) Q ( Ja~d/2+ a~ )]

1 -..j2ffi

(3.21)
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where
(3.22)
is the bit energy per user. To obtain the average bit error probability, it is observed that the
QAM signal constellation can be assigned a perfect 2-dimensional Gray code, i.e., for each
symbol error in the set, all adjacent symbol errors cause only a single bit error [24]. Thus,
for large SNR the average bit error probability can be approximated by
(3.23)

The derived expressions for the error performance of S-CDMA and different modulation
contain a cross-correlation factor which represents the effect of the spreading sequences on
system performance. Before conclusions can be drawn about which modulation format to
choose, an appropriate code sequence set must first be selected.

3.4.2

Code sequence selection

For a given processing gain G p = ReiRb, where the chip rate R e is limited by the available
system spread bandwidth, the average BER as a function of the bit SNR EblNo is given by
(3.12) and (3.23) for BPSK and QAM modulation, respectively. Here, the quadratic average
cross-correlation factors JLN represent the effect of the applied spreading sequences on the
system performance. Obviously, for a perfectly synchronized DS-CDMA system utilizing
orthogonal codes, i.e. codes with zero cross-correlation, JLN = O. In this case, (3.12) and
(3.23) reduce to the well-known expressions for the bit error probabilities of BPSK and Mary QAM in conventional digital communications.
A set of N orthogonal code sequences of length N can be found by taking the rows of
an N x N orthogonal matrix C = [C.f.i] with C.f.i E {-I, I} (a Hadamard matrix). This
number of N orthogonal sequences can be shown to be maximum for a sequence length N.
In the CATV return link, it may not be possible to maintain perfect chip synchronization.
Assuming that there will be small errors in synchronization, orthogonal sequences with small
cross-correlation for small synchronization offsets should be used. Work in [2] suggests that
orthogonal sequences based on the Sylvester-type Hadamard matrices (Walsh codes) are optimum for synchronization errors smaller than one chip period.
However, Walsh code sequences do not possess the pseudo-noise properties (as listed in
Section 3.3.2) that are necessary for good spectrum spreading. Therefore, it is required to
spread the signal with pseudo-noise short codes after Walsh coding [25]. Although this does
not further increase the signal bandwidth, it leads to a more complex system implementation.
A more serious disadvantage of the application of Walsh codes is that it requires external network synchronization in the return link. Walsh codes have poor out-of-phase cross-correlation
properties since they are optimized with respect to zero-phase only. As a result, the upstream
transmissions of subscribers who are connecting to the network but are not in synchronization
yet would severely interfere with the synchronous transmissions. An S-CDMAsystem using
a separate timing channel would not fully exploit the advantages of CDMA and could again
result in a more complex hardware implementation.
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Figure 3. '7: Error performance of S-CDMA using different modulation formats. G p =18 dB.

Recently, a set of CDMA code sequences was proposed [15] which are almost orthogonal at
zero-phase and in addition have pseudo-noise properties. These so-called preferentially-phased
Gold codes can therefore be applied asynchronously for synchronization purposes at the cost
of almost no performance loss in synchronous use, compared to orthogonal sequences. For
a sequence length of N, the number of preferentially-phased Gold codes amounts to N + l.
Their quadratic average cross-correlation factor is J-LN = 1 for all possible N. It has been
shown [3] that preferentially-phased Gold sequences are optimum in the sense that there exist
no larger sets of sequences having this correlation property. Based on the above observations,
preferentially-phased Gold sequences were selected for application in the communication system under consideration. The way these sequences can be generated will be explained in
Chapter 4.
Plots of the error performance of S-CDMA using preferentially-phased Gold codes are
given in Fig. 3.7 for different modulation methods. The processing gain G p = 18 dB corresponds to a CDMA channel bandwidth of 6 MHz. The results in Fig. 3.7 have been computed
using (3.12) and (3.23), which implies that perfect synchronization and power control are assumed. For BPSK and QPSK, the error performance is seen to be hardly dependent on the
number of simultaneous users. However, 16-QAM and 64-QAM show increased sensitivity to
MAL For application in the CATV network, the higher capacity that can be achieved using
16-QAM or higher-order modulation formats is offset by the relatively high required bit SNR
and the hardware complexity. On the other hand, the use of QPSK doubles capacity as compared with BPSK, at virtually no loss of error performance. Furthermore, QPSK is known
as a simple and reliable modulation technique. QPSK is therefore selected as the modulation
scheme for both the upstream and the downstream link.

3.5 Sensitivity to imperfect synchronization and power control
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Sensitivity to imperfect synchronization and power control

The performance of a perfectly synchronized S-QPSK-CDMA system depends on the crosscorrelation of the applied code sequences at zero-phase only. For orthogonal or almost orthogonal sequences, such as Walsh codes and preferentially-phased Gold codes, this value is
zero or almost zero, resulting in an error performance very close to that of ordinary QPSK.
In the CATV reverse link however, perfect synchronization of all upstream transmitters may
not be possible. If it is assumed that there will be access timing errors, the achievable error
performance also depends on the out-of-phase cross-correlation. Since, in general, (almost)
orthogonal code sequences have relatively high out-of-phase cross-correlation, synchronization
errors lead to a certain amount of error performance degradation. It is expected that access
timing errors in the CATV upstream channel can be constrained to within a fraction of a chip
period.
A further condition for optimal CDMA performance is that the simultaneous transmissions
must be received at equal power levels. On one hand, too powerful transmissions in one channel result in increased MAl in the other channels. On the other hand, if signals are received
at too low power the desired BER will not be achieved in that channel. It is expected that SCDMA is much less sensitive to imperfect power control than conventional A-CDMA, because
of its good channel separation. However, an S-CDMA system employing preferentially-phased
Gold sequences and tolerating small access timing errors is not completely free of self noise.
Hence, it is still interesting to determine the sensitivity of S-QPSK-CDMA to inaccurate
power control.
In determining the sensitivity of S-QPSK-CDMA transmission scheme to imperfect synchronization and power control, not so much the BER degradation itself is a measure of
interest. More relevant is the extra signal power which is needed to overcome this degradation, and maintain the desired BER. We will here refer to this quantity as the power loss L.
From equation (3.23) it is concluded that raising signal power by a certain factor does not
result in proportional SNR improvement at the threshold device input (view Fig. 3.6), due to
increased MAL Because of this effect, CDMA based systems may be more sensitive to various
non-idealities in terms of power loss than self-noise free systems.
Using a computer simulation, both the power loss L at due to access timing errors and
the loss L pc due to power control inaccuracy were evaluated for an S-QPSK-CDMA system
employing preferentially-phased Gold codes and random data modulation. Fig. 3.8 shows L at
as a function of the maximum access timing error ~max' The distribution of the access timing
errors is assumed to be uniform in the interval (-~rnax, +~max). Independent I-Q spreading
sequences were used for each user, as will be explained in the next chapter. It is observed
that L at becomes unacceptably large for synchronization errors greater than ca. 0.3Tc . A
maximum synchronization error of T c /8 however results in negligible power loss « 0.3 dB)
and was taken as a design objective for the communication system.
The power loss L pc as a function of the maximum power control error ~Pmax is plotted in
Fig. 3.9. The distribution of the power control errors is assumed to be uniform in the interval
(-6. Pmax, +~Prnax), ~Pmax in dB. These results show almost no sensitivity of system BER
to imperfect power control.
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Conclusions

Due to its resistance to narrowband noise, DS-CDMA is an interesting multiple-access technique for communication systems designed to work well in seriously interfered bandwidths in
the CATV spectrum, which have been hardly in use hitherto. Conventional, asynchronous
DS-CDMA however offers poor spectral efficiency due to mutual interference between simultaneous users. Of the techniques available to improve CDMA capacity, synchronous DS-CDMA
(S-CDMA) is expected to be very appropriate, because the CATV network configuration allows for a relatively simple implementation of the accurate network synchronization which
is required using this technique. A trade-off between user capacity on the one hand and
required SNR and system complexity on the other has resulted in the selection of the QPSK
modulation format. Finally, computer simulations indicate that using S-CDMA, upstream
transmissions should be synchronized to within ±Tc /8 in order to achieve negligible degradation in performance.

Chapter 4

Description of a CDMA based cable
modem
4.1

Introduction

This chapter presents an almost fully-digital implementation of an S-QPSK-CDMA based
modem which could provide the physical communication link between a CATV headend and
a group of subscribers needed for bidirectional services such as cable telephony. The proposed
implementation is based on work by De Gaudenzi and Braun [6], [3]. Besides a detailed
description of the modem subsystems, attention will also be paid to the considerations which
have played a role in their design.

4.2

Functional description

In the following, we will describe the functionality of both the transmitters and receivers. A
more detailed description of the modem subsystems will be given in Section 4.3.

4.2.1

Transmitter

The basic building blocks of the downstream and upstream transmitter are shown in Fig. 4.1.
The functionality of both transmitters is essentially the same. The input data stream is
differentially encoded and split into an in-phase (I) and a quadrature (Q) stream, both at
half the bit rate. These I-Q symbol streams are spread by independent preferentially-phased
Gold sequences. After pulse shaping by a square-root raised cosine transmit filter with x/sin x
aperture equalization, the spread baseband signal is D/A converted and modulated on the
I-Q carrier components generated by an oscillator. The xl sin x equalization is necessary to
compensate for sin x/x distortion resulting from the sample-and-hold operation in the D/A
conversion.
The configuration of the downstream transmitters exploits the fact that they are all at the
same physical location (the headend). Because the chip timing of all downstream transmitters
is controlled by a common chip timing reference dock, the downstream transmissions are
automatically synchronized. Furthermore, because the spread signals are summed in the
digital domain before analog modulation, a single carrier can be used for all downstream
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Figure 4.1: Block diagrams of transmitters in an S-QPSK-CDMA system.

signals. This solution facilitates carrier recovery and coherent detection at the downstream
receivers.
Upstream transmissions are synchronized by means of feedback of chip timing information
from the headend receiver to each individual upstream transmitter via a downstream control
channel. At initial connection to the network, each subscriber modem transmits asynchronous
preferentially-phased Gold sequences to the headend receiver. The proper chip clock frequency
is derived from the received downstream transmissions. The correct code phase is found during
a procedure in which the subscriber modem shifts the phase of its transmitted code sequences
until it is notified by the headend modem that synchronization has been acquired. During the
same procedure, the transmit power is adjusted to the desired level. Since the transmissions
paths in the CATV network are fixed, no further code phase reacquisition or power control has
to be performed after the initial connection to the network. As was observed in Chapter 3, the
transmission of unsynchronized spreading sequences results in a relatively high level of MAl,
which degrades the system BER. The number of asynchronous users attempting to connect
to the network must therefore be limited by the connectivity protocol. The implementation
of the network signalling and the connectivity protocolling is outside the scope of this thesis
and will not be further discussed.
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Receiver

Fig. 4.2 depicts the basic building blocks of the downstream and upstream receiver. Coherent
detection of the downstream information is performed after recovery of the common carrier
frequency and phase using an analog phase-locked loop (PLL). On the other hand, coherent
detection of the upstream information is not that simple, because the received carriers have
independent frequency and phase. Therefore, carrier recovery cannot take place prior to
signal despreading. The S-CDMA system presented in [3J performs coherent demodulation
of each individual upstream signal using an analog voltage controlled oscillator (VCO) which
is controlled by a digital circuit that extracts the carrier phase from the despread signal.
This solution requires one analog demodulator subsystem for each upstream receiver and is
therefore rather expensive in systems with many users. In the upstream receiver in Fig. 4.2
we employ a local oscillator which is not controlled by a carrier recovery circuit, but has
a frequency close to those of the received carriers. Removal of the residual modulation is
done in the digital domain by a digital phase-locked loop (DPLL). Using this approach, a
single analog demodulator subsystem can be shared by all upstream receivers. Besides this
analog circuit, the upstream receivers also share the AID converters, chip matched filters,
and interpolation filters, to reduce costs per user.
The remaining receiver functionality is in principle the same for the downstream and
upstream receiver. The baseband I-Q signals are sampled asynchronously at four times the
chip rate, which is well above the Nyquist rate. The reason for choosing the sampling rate to
be higher than is theoretically required is related to the design of the chip matched filter. It
was found that a good approximation of the desired square-root raised cosine filter response
at a sampling frequency of twice the chip rate can only be obtained with digital filters having
relatively many filter taps, as compared to digital filters at four times the chip rate. After
chip matched filtering, the I-Q signals are down-sampled to chip rate synchronously with
the chip timing that is recovered by the code phase tracking subsystem. The resulting chip
streams are despread by means of multiplication with the I-Q replica code sequences and
subsequent accumulation over the sequence length. The resulting samples at symbol rate are
used for data extraction. Differential decoding is performed to remove phase ambiguity from
the detected data sequence.
Note that, apart from the DPLL and some control logic, all modem subsystems operate
at rates that are much higher than the symbol rate (32 kHz). Because existing digital signal
processor (DSP) devices are rather slow relative to these high required processing rates, these
modem subsystems have to be implemented using simpler, less versatile digital devices.

4.3

Description of modem subsystems

In the following, a more in-detail description will be given of the various tasks which are
performed in both the subscriber and the headend modern. The choice for an almost fullydigital modem implementation is primarily dictated by economical considerations. In contrast
with its analog counterpart, a digital modem can eventually be integrated into a dedicated
application-specific integrated circuit (ASIC) and manufactured at very low cost. The relatively costly analog modem subsystems are shared by many users whenever possible, in order
to minimize costs per user.
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Figure 4.2: Block diagrams of receivers in an S-QPSK-CDMA system.

4.3.1

Analog modulation/demodulation

At the transmitters (Fig. 4.1), chip pulses which have been shaped by the transmit filter are
modulated on orthogonal carriers generated by an oscillator. The IF signal at the output of
the modulator is shifted in frequency to the desired 6 MHz bandwidth in the CATV spectrum.
Transmit power of the upstream transmitters is controlled by the headend modem via the
downstream control channels. In the downstream link, received power is adjusted at the
subscriber modem.
At the receivers, the received signal is first mixed to the fixed intermediate frequency
and then down-converted to baseband. At the downstream receiver, this down-conversion is
done by multiplication with a carrier that is regenerated by the closed-loop carrier recovery
circuit of Fig. 4.3. The received signal from which the carrier frequency and phase must
be extracted is in fact an amplitude and phase modulated signal. To remove the amplitude

29

4·3 Description of modem subsystems

modulation and ma,intain a Con$t~_nt input to the PLL, the input signal is hard-limited. The
frequency multiplier in the circuit removes the remaining four-fold phase modulation. The
introduced phase ambiguity is resolved by differential encoding and decoding of the data
symbols. According to [1], the veo output can be hard-limited and a switched multiplier
be used instead of the less simple multiplier of Fig. 4.3, without any degradation of the loop
performance.
hard-limiter

frequency
multiplier

PLL
r - --- - • • • • • • • • • • • - - - - -- - - . - •••• _. - - - - - - - - ••

frequency
divider

Figure 4.3: Closed-loop QPSK-CDMA carrier recovery circuit.

The upstream demodulator employs a free-running quartz crystal local oscillator with a
small frequency offset relative to the received carrier frequency, i.e. less than a few ppm.
Because the oscillator is not locked to the received carrier, the residual carrier phase remains
to be resolved by the DPLL. Local oscillator frequency offsets cause this remaining carrier
phase to be linearly increasing or decreasing in time.

4.3.2

Signal spreadingjdespreading

Spreading of the I-Q data streams is done by means of multiplication with independent
preferentially-phased Gold sequences. Like ordinary Gold sequences, preferentially-phased
Gold sequences can be generated using two linear feedback shift registers (LFSRs), as depicted
in Fig. 4.4. A binary LFSR consists of n one-bit memory elements uo, UI,". ,Un-I, and a
number of modulo-2 adders, which can be configured for the generation of a particular code
sequence set. During sequence generation, the contents of the memory elements are shifted to
the left, and the value in the (n -1 )th element is updated according to the LFSR configuration.
After each shift, the output values of the LFSRs are modulo-2 added to form a new element
of the generated Gold sequence. The LFSR configuration can be represented by a polynomial
h(x) = hoxn + h1xn - 1 + ... + hn-1x + h n , where h o = h n = 1 and the other hi'S take on the
value 1 or 0, depending on whether or not the output of the ith memory element is connected
to a modulo-2 adder. It is conventional to represent such a polynomial by a binary vector
It = (ho, hI, ... ,hn ), and to express this vector in octal notation. For instance, the LFSR's
in Fig. 4.4 can be represented by the polynomials 211 and 277 in octal notation.
Different sequences from one code sequence set can be generated using the same LFSR
configurations by changing the initial phase of the binary vector in one of the shift registers.
Since 2n different initial binary vectors can be assigned to an LFSR of length n, there are
2n different Gold sequences in the corresponding code sequence set. It can be shown that a
Gold code generator consisting of two LFSRs of length n produces Gold codes with length
N = 2n - 1. Preferentially-phased Gold sequences form special subsets of the class of Gold
sequences. Their generator polynomials are listed in Table 4.1 for different n.
According to De Gaudenzi, the use of independent spreading sequences is dictated by
system robustness requirements to non-ideal modem subsystems such as a non-linear amplifier
and imperfect synchronization [6]. While the effects of non-linear amplification on system
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Figure 4.4: Generation of preferentially-phased Gold sequences of length N=127.

Table 4.1: Preferentially-phased Gold code polynomials (octal notation).

code
length
31
63
127
255
511
1023

polynomial 1
45
103
211
435
1021
2011

initial phase
polynomial 1
0-31
0-63
0-127
0-255
0-511
0-1023

polynomial 2
67
147
277
675
1333
3515

initial phase
polynomial 2
35
32
177
222
733
134

performance have not been investigated, it will be shown in Section 4.3.5 that employing
independent I-Q spreading sequences indeed offers an important advantage in the design of a
carrier recovery subsystem.
At the downstream transmitters, chip timing is provided by a common chip timing reference clock which is situated at the headend. As for the upstream transmitters, the chip clock
frequency is derived from the downstream transmissions of the headend modem by the code
phase tracking subsystem. The code phase can be changed by the code phase control unit in
discrete steps of Tc /4, so that access timing errors are limited to within ±Tc /8.

4.3.3

Chip pulse shaping

Limiting of the system bandwidth is performed by low-pass filtering of the baseband signal
before it is upconverted and transmitted. This filtering operation is called pulse shaping.
According to the Nyquist pulse shaping criterion, the minimum bandwidth that is required
for the transmission of a modulated CDMA signal at a chip rate of R c b/s without introducing
interchip interference is R c Hz. However, this would require the use of a rectangular pulse
shaping filter, which is not practically implementable. In addition, the resulting pulses would
have a sin x/x shape, which is impractical because its very slowly decreasing tail would cause
excessive interchip interference in the presence of timing jitter. To reduce sensitivity to timing
jitter, a class of so-called raised cosine filters is commonly used instead. The raised cosine
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pulse spectrum is specified as

P(J)=

{

T'
Tcos 2 {1I'/(4a)[2IfIT-1+a]},
0,

o ~ IfI ~ (1 -

a)/(2T)
(1 - a)/(2T) ~ If I ~ (1

otherwise,

+ a)/(2T)
(4.1)

where 0 < a < 1 is defined as the excess bandwidth factor. The case a = 0 corresponds to
the rectangular pulse shaping filter, whereas values of a > 0 result in smoother filter transfer
functions and decreasing sensitivity to timing jitter, at the expense of increasing bandwidth.
The system bandwidth B that is occupied by a QPSK-CDMA system with processing gain
Gp and raised cosine chip shaping with excess bandwidth factor a, is
(4.2)
where N is the spreading sequence length and Rb is the data bit rate. It is observed from
the above equation that for a given system bandwidth and bit rate, a can only be increased
at the cost of a lower processing gain, and hence shorter spreading sequences. Since for SCDMA the user capacity relates proportionally to the sequence length, the choice of a must
be a compromise between user capacity on the one hand, and sensitivity to timing jitter and
shaping filter complexity on the other hand. In the design of the modem under consideration,
raised cosine pulse shaping with a = 0.4 was selected. In fact, because preferentially-phased
Gold sequences exist only for very particular values of N (view Table 4.1), this choice of a is
the only one possible, given that R b = 64 kb/s and B = 6 MHz.
Nyquist pulse shaping is in practice realized by means of a transmit and a receive filter,
whose cascade has the desired frequency response and constant group delay. The function of
the transmit filter Hr(J) is to limit the spectrum of the transmitted signal to the available
bandwidth, whereas the function of the receive filter HR(J) is to reject channel noise that
accompanies the desired signal. It is known [14] that for an ideal channel in the presence of
additive white Gaussian noise, the optimum partitioning of the transmit and receive filters is
such that the transmit and receive filter frequency responses are complex conjugates of one
another, i.e.
(4.3)
A transmit and receive filter pair that satisfies (4.3) is called a matched filter pair. With
this choice of Hr(J) and HR(J) the signal-to-noise ratio of the output of the receive filter,
sampled at the optimum instant, is maximum and equals 2E/No. Here, E is the energy of
the digital pulse and No/2 is the two-sided power spectral density of the channel noise. If
in addition the overall filter transfer function has a raised cosine characteristic, no interchip
interference will occur at the optimum sample instants. Matched transmit and receive filters
that have an overall raised cosine characteristic are called complementary square-root raised
cosine filters.
Both analog and digital approximations of these ideal filters have been presented in literature [22], [18]. However, to maintain an almost fully-digital modem design, digital chip
matched filters are used in the CDMA modem. For a sample rate of four times the chip
rate, a good approximation of the desired frequency response can be obtained with a 32-tap
linear-phase FIR filter. The coefficients of this filter were computed using the software tool
Digital Filter Design Package (DFDP).
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Chip timing recovery

In the communication system under consideration, the receivers need a clock signal to control
the sampling times at which the matched filter output is to be sampled. Besides synchronization of the receivers, this clock signal is also required by each upstream transmitter in
order to send its spreading sequences at the proper chip frequency, which is determined by
the chip timing reference clock at the headend. It is generally preferable to achieve clock
synchronization without the help of auxiliary signals which would use up a part of the available channel capacity. We have therefore selected a chip timing recovery scheme which is
self-synchronizing, Le. in which the chip timing is derived from the received COMA signal
itself.
The digital delay-locked loop (OOLL) chip timing recovery circuit (see Fig. 4.5) which is
presented and analyzed in [3], [8] is also known as a so-called early-late correlator. Its key
feature is that it requires only one sample per chip. The underlying scheme exploits the fact
that the continuous-time autocorrelation function of Gold sequences has a high maximum for
zero phase shift and approximately equal values at ±Tc /2. The received spreading sequence
is correlated with both a T c /2 early and a T c /2 late replica sequence, and the replica phase is
controlled such that the difference of the resulting correlation values becomes approximately
zero. It should be noted that this method works properly only if the received code has
already been synchronized with the replica code to within ±Tc /2. This coarse code alignment
is performed by the code acquisition subsystem before actual data transmission takes place
(see Section 4.3.6).
The working of the chip timing recovery subsystem in the upstream receiver is as follows.
The I-Q sample streams at four times the chip rate which have been passed through the chip
matched filters are each fed to an interpolation/decimation circuit. This circuit consists of an
interpolating filter and a sampler at chip rate, which is controlled by the ODLL output. The
interpolating filter is in fact a low-pass filter which removes the signal mirror images resulting
from the insertion of zero-samples in the preceding up-sampling [5J. It is implemented as a
128-tap linear-phase FIR filter, of which the coefficients were computed using OFDP. This
filter can be split up into eight filter banks of 16 taps each, so that only 16 instead of 128
multiplications per sample have to be performed [5]. At the output of the interpolating filter,
two one-sample/chip streams are obtained. The first one, the on-time stream, is used for
further demodulation, while the second one, the early/late stream, is used by the DOLL.
At the DOLL, the incoming I-Q early/late streams are each split into two branches,
of which one is delayed by one chip period. Because these signals have still unrecovered
carrier phase, phase diversity is applied to both the early and the late sample stream. After
correlation with the in-phase (I) spreading sequence, the I-Q correlation values are squared
and (eventually) summed to remove the unknown carrier phase. In this way, because two
independent spreading sequences are employed per user, chip timing is effectively derived from
only the I branch of the received QPSK-CDMA signal. The same approach would however also
be applicable to systems using only one spreading sequence per transmitted QPSK signal.
The error signal which controls the local chip timing clock is obtained by subtracting the
"late" from the "early" branch outputs, and subsequent summation. The chip timing clock
phase is updated once every data symbol. Depending on the sign of the error signal, the
replica code phase is advanced or delayed by one sample period of the interpolating filter.
The working of the chip timing recovery subsystem at the downstream receiver is exactly
the same, except that no phase diversity is employed, which results in a simpler design (see
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Figure 4.5: Block diagrams of the DDLL chip timing recovery subsystem.

Fig. 4.5).
The achievable accuracy of the chip timing recovery depends on two factors. Firstly, the
interpolation factor of the interpolation/decimation circuit determines the size of the steps in
which the chip timing phase can be updated. For accurate tracking of the received code phase,
this interpolation factor must be rather high. On the other hand, a very high interpolation
factor and hence a very high sampling rate require the use of a faster and more expensive
signal processing device. Secondly, the achievable code tracking accuracy will also depend on
the stochastic behavior of the error signal, which in turn depends on the level of thermal noise
and MAl accompanying the desired signal. To obtain an interpolation factor that is minimally
required for negligible performance degradation, the dependence of system performance on
chip timing offsets has been investigated. The required mathematical analysis is presented
in Appendix A. Using the results in this appendix, the system performance degradation was
calculated as a function of the chip timing offset b..r.
From the results shown in Fig. 4.6, it can be concluded that timing offsets smaller than
O.03Tc cause negligible degradation « 0.2 dB). For 1b..r 1 > O.lTc however, the performance
loss becomes dramatic. In order to enable the code phase tracking subsystem to control the
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timing offset to within O.03Te , the size ofthe steps in which the chip timing is updated should
also be at most O.03Te . This implies a sample rate at the interpolating filter output of at
least 33 samples/chip. In the CDMA modem design, we have selected an interpolation factor
of eight, corresponding to a chip timing tracking resolution of 32 samples/chip.

-0.1

0.0

0.1

0.2

Chip timing offset 6t (chips)

Figure 4.6: npgraclation of SNR at the threshold device input as a. function of the chip timing offset l!.r.

An alternative to the matched filter output up-sampling, interpolation, and subsequent
decimation would be A/D conversion that is synchronous with the optimum matched filter
sampling instants. This would require the A/D converter to be accurately clocked by the
recovered chip timing. However, this would also require the use of one A/D converter for
each upstream receiver, since the upstream transmissions are not perfectly synchronized. To
make an economical system implementation possible, a modem realization using a shared
A/D converter, matched filter, and interpolator/decimator unit was chosen.

4.3.5

Carrier recovery

At the upstream receiver, the unknown carrier phase of the received signal is recovered by a
digital carrier recovery subsystem. Besides resolving a fixed carrier phase, this circuit must
be able to track linearly increasing or decreasing carrier phase resulting from local oscillator
frequency offsets relative to the received carrier frequency. Like chip timing errors, phase
offsets can seriously degrade the detection process and should therefore be kept as small as
possible.
As is well-known [1], a second-order PLL can be used for tracking carrier frequencies with
a steady-state phase error which tends to zero at t --+ 00. Fig. 4.7 shows the carrier recovery
subsystem which we have designed for use in the upstream receiver. In fact, this circuit is the
digital counterpart of the conventional second-order PLL, and it will be referred to as a digital
phase-locked loop (DPLL). The subsystem consists of a complex phase rotator controlled by a
phase estimator, which provides an estimation of the received carrier phase. This estimation
is based on an error signal which is in turn produced by the complex phase rotator.
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Figure 4.7: Block diagram of the digital carrier recovery subsystem.

The working of the carrier recovery subsystem is as follows. The incoming complex symbol
stream Xk, which has unknown complex phase Ok (see Appendix A), is first applied to the
complex phase rotator. This device rotates the symbols Xk over an estimated phase -Ok in
the complex plane. The real part of the phase rotated complex signal is fed to the decision
threshold device for data extraction, while the imaginary part is used to produce an error
signal ek. In order to obtain an error signal which always has the same sign as the phase error
Ok - Ok, binary data modulation is removed by multiplication with the sign of the extracted
data symbol. The phase estimator uses the error signal to produce an estimation of the
complex phase Ok.
Note that this carrier recovery subsystem exploits the use of independent I-Q spreading
sequences. Because the carrier is effectively recovered from a binary PSK signal instead of
a four-fold phase modulated carrier, greater carrier phase uncertainty can be resolved. This
means that larger local oscillator frequency offsets can be tolerated. In addition, it enables
simpler carrier recovery subsystem design.
In the following, we will pay attention to the implementation of the complex phase rotator
and the phase estimator.
Complex phase rotator
Consider the complex signal Xk = ak + jbk with complex phase Ok at the input of the carrier
recovery subsystem. Ideally, the complex phase rotator would rotate Xk over -Ok, yielding
a purely real signal. In reality however, Xk is rotated over an estimated phase -Ok, which
results in
(4.4)
From (4.4), it is seen that an implementation of the complex phase rotator involves the calcu-
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lation of th~ trigonometric functions sinO and cos(·). These functions can be realized using
a read-only memory (ROM) in which the function values are stored for a sufficient number
of argument values Ok. Instead of using different ROMs for the sinO and cos(·) function, it
may be more efficient to implement only the cos(·) function and calculate sin(·) by increasing
the argument (h by 7r 12.

Phase estimator
For small phase errors, the input ek to the phase estimator can be approximated by K(Ok -(h),
where K is a constant which depends on the received signal amplitude. In this case, the DPLL
can be represented by its linearized version, which is shown in Fig. 4.8. The signals in this
diagram are given in the z-domain.
EXz)

complex
phase
rotator

...

E(z) = K[EXz) • @Xz))

....

phase
estimator
D(z)

c-----

@Xz)

Figure 4.8: Linearized DPLL model.

The phase estimator is implemented as a digital filter D(z) = O(z)1 E(z). The transfer
function D(z) must be designed such that the feedback system is capable of tracking a linear
ramp input signal O(z) = z-l/(l- z-1)2, corresponding to a local oscillator frequency offset.
This is done according to the so-called deadbeat system design method [26]. In this approach,
D(z) is designed such that the system transfer function (;(z)IO(z) equals a desired function

T(z).
According to the final value theorem [26], the steady-state error ess ~ limk->oo ek is
€ss

= lim(1 - z-I)E(z) = lim K(1 - z-I)8(z) [1 - T(z)].

z->l

z->l

To make this steady-state error zero for a ramp input O(z) = z- I /(Ihave a factor (1 - z-1)2, which means that T(z) must be of the form

T(z) = 1 - (1 - Z-1)2 F(z),

z-l?,

(4.5)

1- T(z) must

(4.6)

where the choice of F(z) is such that the system settles to zero error in a minimum number of
sampling intervals. For F(z) = 1, T(z) = 2z- 1 - z-2, and the transfer function of the phase
estimator becomes

T(z)
2z- 1 - z-2
D(z) = 1- T(z) = (1- Z-1)2·

(4.7)

Note that this results in a second-order DPLL, similar to the common analog second-order
PLL.

4.3.6

Code acquisition/power control

The actual transmission of data between a subscriber modem and the headend can only take
place after a number of procedures have been completed. These procedures include user
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_identifiCQ.tion and verification, but they also involve power control and the synchronization of
code sequences. Accurate power control is necessary to ensure that all signals are received at
sufficient bit SNR E b / No, and that the full available dynamic range of the AID converters at
the receivers is used, but not exceeded.
At initial connection to the network, the downstream receiver enters a procedure in which
it attempts to acquire the received code phase and to determine the received signal power.
After this has been accomplished, downstream communication can take place, and the upstream transmitter will start transmitting its spreading sequences at a chip frequency which
is derived from the received signal. Next, in a similar procedure, the upstream transmitter's
code phase and signal power are adjusted by the upstream receiver, using a downstream
control channel.
During code acquisition, the locally generated replica code and the received spreading code
are being aligned in phase to within ±Tc /2. In the downstream link, this is done by adjusting
the replica code phase at the receiver, because the received transmissions are all perfectly
synchronized. In the upstream link however, where the code phase of each transmitter has to
be controlled individually, code acquisition is accomplished by changing the transmitted code
phase of the subscriber modem. Thus, phase-alignment of the received spreading sequences
and the replica sequence results in the code synchronization that is required for S-CDMA.
Because the CATV network is fixed, the code acquisition and power control procedures
have to be run through only once, at initial connection to the network. In principle, these
proced ures are allowed to proceed as long as is necessary, although it is of course desirable
that they are completed as fast as is possible. Therefore, a relatively simple scheme can be
applied, which searches for the correct code phase and signal power in a sequential way. In
this so-called serial search method [24], the received and local code sequences are correlated
to decide whether they are in synchronism. As long as the resulting correlation value does
not exceed a certain threshold, the phase difference between the incoming and local sequences
is varied in discrete steps of T c /2. If a full cycle has been completed without the threshold
having been exceeded, received power will be increased and the phase search is repeated.
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Figure 4.9: Code acquisition/power control unit.
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The circuit used to measure correlation is depicted in Fig. 4.9, both for the downstream
and upstream receiver. During the serial search, the code tracking subsystem is switched
off and the signal Xk at the in-phase (I) output of the despreading unit is applied to this
circuit. In the case of the upstream receiver, Xk is a complex signal with unrecovered complex
phase, and phase diversity is applied. The squared input signal is accumulated over K symbol
intervals to increase the probability of a correct acquisition detection at zero phase difference,
and to reduce the probability of false alarm.
If acquisition is detected, code synchronization control is handed over to the code tracking
or chip timing recovery subsystem, which will fine-tune the incoming and local code phase
difference. For the downstream link, this means that actual data transmission can commence.
In the upstream link however, the accurate timing information of the chip timing recovery
subsystem will first be used to further synchronize upstream transmissions to within ±Tc /8.

4.4

Conclusions

In this chapter, a detailed description has been given of an S-QPSK-CDMA modem for
bidirectional communications in CATV networks. Through the use of digital phase-locked
loops (DPLLs) a considerable part of the upstream receiver is shared by all headend modems.
This results in strongly reduced hardware costs per subscriber, especially in a system with
many users. A combination of both mathematical analysis and computer simulations has led
to the selection of appropriate system parameters, such as the code phase tracking resolution,
the update frequency of the chip timing, and digital filter lengths. Further, the transfer
function of the DPLL estimator was derived.
It is expected that the modem control logic and the DPLL algorithm can be realized using
a digital signal processor (DSP) device. For the remaining high-speed digital operations, faster
but less versatile devices will have to be employed.

Chapter 5

Simulation of the modem
performance
5.1

Introduction

It is clear that practical modem implementations like the one presented in the previous chapter possess imperfect properties, due to finite accuracy of filter approximations, code phase
tracking jitter, and carrier phase tracking jitter. Whereas the former of these imperfections
can be made arbitrarily small by increasing the number of filter taps, the latter two are
inherent to the presence of thermal noise and MAl, and can only be reduced to a certain
extent, by good timing and phase recovery subsystem design. To verify the presented modem
design, simulation results will be presented in this chapter which give an indication of the
modem performance degradation due to these subsystem imperfections. Furthermore, because it is known that especially the CATV return channel is non-ideal with respect to phase
and frequency response, the modem performance in the presence of linear distortion will be
investigated.
In this chapter, attention will be concentrated on the performance of the upstream receiver,
assuming the upstream transmitter not to degrade system performance. This is because it can
be expected that it is relatively simple to design the transmitters and the downstream receiver
such that they perform close to their ideal performance. Moreover, since the downstream
channel shows hardly any linear distortion, there is no immediate need to investigate the
sensitivity of the downstream receiver to non-ideal amplitude and phase response.

5.2

Estimation of bit error rate

For a digital communication system, the relevant measure of performance is always related to
the statistics of the produced errors. Most commonly, one is mainly interested in the average
production of bit errors, or bit error rate (BER). The most straightforward method to estimate
system BER is averaging the number of bit errors that occur within a certain experiment
period. This method, referred to as the Monte Carlo method, requires no assumptions about
the system or the statistical properties of the input signal. However, in order to obtain a
reasonably accurate BER estimation; the Monte Carlo approach requires a high number of
data symbols to be processed. According to a popular rule of thumb, the number of symbols
to be processed should be on the order of lO/p, where p is the BER to be estimated [131. As
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we are interested in a BER ?f ca. 10- 4 , this means that ca. 105 symbols would have to be
taken into account. A simulation of the- S-QPSK-CDMA system under consideration involves
the generation and processing of a composite of 64 spread QPSK signals at 127 chips per
symbol and at least 2 samples per chip. This would lead to unacceptably long simulation run
times.
A number of alternative simulation-based approaches for estimating system BER is known
that require less data symbols to be observed. These include importance sampling, extremevalue theory, tail extrapolation, and quasi-analytical (QA) methods [13]. While the former
three methods are relatively involved and reduce simulation time only to a limited degree,
the QA technique is very simple and time efficient. Instead of counting the number of errors
that occur, this method determines the signal and some noise parameters at the input of
the receiver threshold device by simulation, and then calculates a BER estimation with a
formula. The QA approach assumes the noise at the threshold device input to be additive
and its distribution to be known. Usually, the noise distribution is assumed Gaussian. Because
this is often only an approximation of the actual noise behavior, the QA technique can not
be expected to provide exact results. However, it is very useful to obtain a first indication of
system BER.
In the following, a computer simulation model based on quasi-analytic BER estimation will
be described which can be used to predict the COMA modem performance in the presence of
linear distortion and AWGN. Because of the Gaussian assumption that is made in the analytic
part of the BER estimation, this model is not suited for studying the effect of narrowband
interference on system performance.

5.3

Computer simulation description

The computer simulation models an S-QPSK-CDMA upstream receiver and 64 S-QPSKCDMA upstream transmitters, as described in the previous chapter. The transmitters have
independent code and carrier phase, although they employ exactly the same chip frequency.
It is assumed that there has been perfect code phase acquisition and power control, and that
the users are synchronized to within ±Tc /8. A block diagram of the system simulated is
shown in Fig. 5.1. All simulations are performed using C on a general-purpose UNIX based
system. The simulation source code is given in Appendix C.

5.3.1

Transmitter model

The user data are generated using the output signs of a pseudorandom number generator.
Subsequent vectors of 127 preferentially-phased Gold sequence elements, which are stored
in memory, are multiplied by the corresponding data bits. The resulting chip sequences
drive impulse generators, which produce zeros and one unit magnitude impulse per 32 output
samples. Each pair of impulse streams corresponding to a single user is shifted in time
randomly by -4 to +4 samples, corresponding to a maximum synchronization error of T c /8
with respect to the first user, whose signal is shifted by zero samples. The time-shifted user
signals are shaped by a 511-tap digital square-root raised cosine transmit filter with a = 0.4,
and decimated to four samples per chip. Finally, each pair of in-phase and quadrature signals
is converted up in frequency by multiplication with orthogonal carriers with a frequency close
to that of the local oscillator at the receiver, and with random phase. The summation of all
signals is fed to the channel.
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Figure 5.1: S-QPSK-CDMA simulation model block diagram.
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Channel model

To simulate the effects of amplitude and group delay impairments in the channel, it is necessary to model distortions of various characteristics. In the computer simulation the channel
is represented by a digital filter with the desired frequency response.
In the literature, a division is made between three typical forms of group delay and amplitude impairments: linear, parabolic, and sinusoidal [12). Both the amplitude and the group
delay characteristics of the upstream CATV channel can be approximated by a superposition
of linear and sinusoidal frequency dependence. To assess the effects of linear distortion with
these characteristics individually, digital filters must be designed with either constant group
delay and prescribed amplitude response, or with constant amplitude response and prescribed
group delay. Finite impulse response (FIR) filters with symmetrical coefficients automatically
have linear phase and hence constant group delay, and are therefore suited for studying the
sensitivity to amplitude impairments. On the other hand, the modelling of a channel with
phase distortion requires a design method for all-pass filters with linear or sinusoidal group
delay.
For the design procedures according to which the desired digital filters were obtained,
we refer to Appendix B. The amplitude and group delay response of the resulting filters are
plotted in Fig. 5.2 and Fig. 5.3, respectively.
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Figure 5.2: Amplitude response of FIR filters modelling a channel with linear and sinusoidal amplitude distortions.

5.3.3

Receiver model

At the receiver input, white Gaussian noise is added to the signal, and baseband conversion is
performed by multiplication with orthogonal carriers. Although the local oscillator frequency
is close to that of the received signals, it is not necessarily the same. In the computer
simulation, oscillator frequency offsets smaller than 500 Hz have been considered. This is
a realistic figure, since commercially available quartz crystal oscillators are accurate with
respect to their nominal frequency to within a few ppm.
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Figure 5.3: Group delay of all-pass filters modelling a channel with linear and sinusoidal group delay distortions.

The resulting baseband signal, which has still unrecovered carrier phase, is further processed by the digital receiver. To investigate the degradation due to imperfect chip timing
and carrier phase recovery, most simulations are repeated with the subsystems responsible
for these tasks replaced by their ideal counterparts.
At the input of the decision threshold devices, the average signal power is computed, as
well as the variance of the accompanying noise. Under the Gaussian assumption, the predicted
system BER is calculated by applying the Gaussian probability function to the ratio of the
average signal power to the rms noise power specified at the detector input.

5.4

Results

Numerous simulation runs were performed in order to obtain optimal choices of some system
aspects, such as digital filter lengths, update frequencies of the adaptive chip timing and
carrier recovery subsystems, and the possible application of additional loop filtering to improve
the performance of these subsystems. These simulations have resulted in the modem design
which was presented in the previous chapter. Additional first-order loop filtering turned out
to have negligible effect on timing and carrier recovery performance, measured in terms of
system BER.
The effects of non-ideal subsystems and linear/sinusoidal amplitude/group delay distortions were measured by observing sequences of 255 data symbols. In terms of computation
time, this data sequence length was found to be a practical maximum.

5.4.1

Effects of imperfect subsystems

As is known, accurate recovery of the received carrier phase and timing information is necessary for successful data detection in digital communication systems. Phase offsets degrade
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the detection pn>cess in that they rotate the signal constellation and therefore draw the received' data nearer to the decision threshold. Timing errors tend to increase the amount of
intersymbol (interchip) interference and therefore to further reduce the margin of error.
Due to thermal noise and MAl, there will be inevitable jitter in the code phase and carrier
phase tracking processes. The effects of this tracking jitter in an ideal channel can be viewed
in Fig. 5.4. For N u = 64, non-ideal chip timing recovery and carrier phase recovery can both
be seen to degrade system BER less than 0.5 dB, while their joint effect is less than 1 dB. The
curves corresponding to ideal timing and carrier recovery indicate that the remaining modem
subsystems cause almost no additional degradation with respect to theoretical performance.
As may be concluded by comparing Fig. 5.4 and Fig. 3.7, theoretical and simulated performance are in very good agreement. The small differences « 0.5 dB) that can be observed
may be due to the combined effects of imperfect synchronization and bandwidth limiting.
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Figure 5.4: System BER versus Eb/ No for perfect and imperfect chip timing and carrier recovery subsystems in an
ideal channel.

Results of simulations to study the effects of local oscillator frequency offsets 6.110 on
carrier recovery performance show some degradation with respect to the case with 6.1/0 =
O. The carrier phase tracking time response is depicted in Fig. 5.5 for different values of
6.110' It is seen that the subsystem response exhibits transient oscillations which decay with
increasing time. This transient behavior is the most likely cause of the measured deterioration
of performance. It is expected that system BER is not increased by frequency offsets after
the observed oscillations have damped out.

5.4.2

Effects of amplitude distortions

To assess the effects of linear and sinusoidal amplitude distortions caused by the CATV
return channel, computer simulations based on the model in Fig. 5.1 were performed. In
these simulations, it was assumed that there is no group delay distortion. Although the
purpose of the simulations is to predict the sensitivity of a CDMA system with a data rate
of 64 kb/s, the results can also be applied to systems with different rates but with the same
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proces.sing gain, by appropriate scaling.
Linear amplitude distortion
Simulation results are shown in Fig. 5.6 for linear amplitude distortion of the form A(J) = Z· f
dB. Results are given for both the case of ideal (dashed) and non-ideal (solid) timing and
carrier recovery. The constant Z is varied from 0 to -1.50 dB/MHz, where Z = 0 corresponds
to the case with no distortion.
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Figure 5.6: System BER versus Eb/NO for perfect (dashed) and imperfect (solid) chip timing and carrier recovery
subsystems in a channel with linear amplitude distortion.

The degradation for values of Z better than -0.67 dB/MHz is seen to be small: less than
0.4 dB. Similar to the ideal channel, degradation due to imperfect subsystems is smaller than
1 dB for these values of Z. For Z = -1.00 dB/MHz and Z = -1.50 dB/MHz, the error
performance deterioration is clearly more serious. For Z = -1.50 dB/MHz, degradation due
to imperfect timing and carrier recovery is on the order of 1 dB at a BER of 10- 4 .
Sinusoidal amplitude distortion
For the case of sinusoidal amplitude distortion, i.e. an amplitude characteristic of the form
AU) = -D . cos(151r I / Ir) dB, where fr = 8.128 MHz, simulation results are presented in
Fig. 5.7. The sinusoid amplitude D is varied from 0 to 0.75 dB, where D = 0 corresponds
to the ideal channel. Again, results are shown for both ideal (dashed) and non-ideal (solid)
timing and carrier recovery.
Performance degradation is seen to be small « 0.5 dB) for values of D smaller than 0.25
dB. Furthermore, degradation due to non-ideal timing and carrier tracking is smaller than 1.6
dB for all considered values of D. At a BER of 10-4 , sinusoidal amplitude distortion causes
a decrease in performance of 1.5 dB for D = 0.50 dB and of 5.5 dB for D = 0:75 dB.

To compare the relative performance of the system for linear and sinusoidal amplitude
distortions, the degradation to Eb/No as a function of the amplitude response variation in the
system bandwidth is shown in Fig. 5.8. These results are relative to the case with no distortion, and for a BER of 10- 4 • It can be concluded that for a given value of amplitude response

5.4 Results

47

1e+0

1e-1

1e-2

a:

1903

W
a:l

0.0.75 dB
0=0.10 dB
0=0.25 dB

le-4

0=0.50 dB

le-5

le-6

o

2

4

8

6

10

12

14

16

18

20

EJNo (dB)
Figure 5.7: System BER versus Eb/NO for perfect (dashed) and imperfect (solid) chip timing and carrier recovery
subsystems in a channel with sinusoidal amplitude distortion.

4
sinusoidal

In

.,

~

0
....

'0
n..Q

3

«l

.E

~Q

2

iJ'
'0
c:
0

~

"0

eCl
Q)

C
0
0

2

3

4

5

6

7

8

Amplitude distortion A(B) (dB)
Figure 5.8: Degradation of Eb/No for linear and sinusoidal amplitude distortions, both for perfect (dashed) and
imperfect (solid) chip timing and carrier recovery. Note that for a 64 kb/s QPSK-CDMA system with G p
18 dB and
a: 0.4 raised cosine filtering, A(B)
-Z . 5.69 dB (linear) or A(B) = C· 2 dB (sinusoidal).

=

=

=

48

Simulation of the modem performance

vari_C\t!Qp. in the system bandwidt~, sinusoidal amplitude distortion causes far more degradation than linear amplitude distortion, although the effects 6f sinusoidal amplitude variation
smaller than ca. 1 dB seem still moderate. Based on this observation, it is expected that
QPSK-CDMA system performance is primarily affected by fluctuating (non-flat) amplitude
response of the channel.

5.4.3

Effects of group delay distortions

The error performance of S-QPSK-CDMA was simulated in the presence of linear and sinusoidal group delay distortions, according to the simulation model in Fig. 5.1. In this case,
there is assumed to be no amplitude distortion. The simulation results can be generalized to
systems with any bit rate but with the same processing gain by appropriate scaling.
Linear group delay distortion
Fig. 5.9 shows simulation results for linear group delay distortion of the form tg(J) = F· f dB,
both for perfect (dashed) and imperfect (solid) timing and carrier recovery. The slope F is
varied from 0 to -22 ns/MHz, where F = 0 corresponds to the case without linear distortion.
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Figure 5.9: System BER versus Eb/No for perfect (dashed) and imperfect (solid) chip timing and carrier recovery in
a channel with linear group delay distortion.

For values of F better than -15 ns/MHz, system performance is found to be degraded
less than 0.5 dB when there is assumed to be perfect timing and carrier recovery. However,
imperfect subsystems cause a decrease in performance of more than 1 dB at a BER of 10- 4 .
For values of F worse than -20 ns/MHz, system performance deteriorates rapidly.
Sinusoidal group delay distortion
The simulated effects of sinusoidal group delay distortion of the form tg(J) = -C·cos(167f f / fT)
are depicted in Fig. 5.10 for ideal (dashed) and non-ideal (solid) tracking of chip timing and
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carrier phase. The sinusoid amplitude C takes on the values 0 to 200 ns, where C = 0
represents the case where there is no distortion.
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Figure 5.10: System BER versus Eb/No for perfect (dashed) and imperfect (solid) chip timing and carrier recovery in
a channel with sinusoidal group delay distortion.

Performance degradation is found to be small « 0.5 dB) for amplitudes smaller than 100
ns, when there is ideal timing and carrier tracking. For C = 200 ns, degradation is still on the
order of only 1.2 dB. However, imperfect subsystems cause extra performance degradation of
ca. 1 dB at a BER of 10-4 .
Fig. 5.11 gives degradation data for both linear and sinusoidal group delay characteristics
at a BER of 10- 4 • The degradation of E b / No as a function of the group delay variation in
the system bandwidth is presented relative to the case with no distortion. From Fig. 5.11, it
may be concluded that S-QPSK-CDMA is much more sensitive to linear than to sinusoidal
group delay distortion. The effects of linear group delay variation smaller than ca. 100 ns in
the system bandwidth seem still moderate however.

5.5

Conclusions

Computer simulations were performed to determine the error performance of the S-QPSKCDMA modem. The effects of imperfect chip timing and carrier phase tracking were investigated, as well as the sensitivity to linear and sinusoidal amplitude and group delay distortions.
System BER as a function of the bit SNR Eb/NO was found to be almost identical to
theoretical performance. Timing and carrier phase tracking jitter, caused by thermal noise
and MAl, were shown to result in less than 1 dB degradation at a BER of 10- 4 . Attempts to
reduce tracking jitter by applying additional first-order filters in the code phase and carrier
phase tracking feedback loops proved unsuccessful. However, other techniques to improve
timing and carrier recovery were not investigated and could further decrease the difference
between theoretical and actual error performance.

5.5 Conclusions
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Simulations of the modem performance in the presence of linear distortion showed that
system BER is considerably more affected by sinusoidal than by linear amplitude distortion,
and by a linear group delay considerably more than by a sinusoidal group delay characteristic.
We therefore expect that linearly varying group delay and fluctuating (non-fiat) amplitude
response are the primary causes of degradation due to linear distortion. From the presented
results, it can be concluded that the effects of sinusoidal amplitude variation smaller than ca. 1
dB and oflinear group delay variation smaller than ca. 100 ns in the system bandwidth are still
acceptable (less than 1 dB degradation). In modern HFC networks, where the amount oflinear
distortion is relatively small due to the small number of cascaded diplex filters (see Chapter
2), these limits on group delay and amplitude response variations will not be exceeded. In less
modern networks with larger numbers of cascaded actives however, equalization techniques
will be required for reasonable Eb/ No degradation.

Chapter 6

Conclusions and recommendations
In this thesis, we have presented and verified a bidirectional 64 kbjs communication system
which is dedicated to the specific properties of CATV networks. The system is based on
CDMA, because this multiple-access technique has inherent robustness to the narrowband
noise which is found in especially the 5-15 MHz frequency region of the upstream channel. However, because CDMA is a relatively complex technique, its application may be less
favourable in the remaining upstream bandwidth and in the downstream channel, where simpler access techniques can be utilized.
The spectral efficiency which can be achieved using conventional, asynchronous DS-CDMA
is shown to be very poor. Synchronous CDMA however offers a user capacity comparable to
that of FDMA and TDMA.
It is expected that relatively low SNR can be achieved in the 5-15 MHz frequency region.
This has resulted in the selection of the QPSK modulation format. Using synchronous CDMA
and QPSK modulation, a capacity of 64 64 kbjs channels can be achieved in a bandwidth of
6 MHz. Research into the available upstream SNR is recommended to investigate whether
higher-order modulation can be applied, which would lead to a still higher user capacity.
The CATV network configuration has a number of specific properties that can be exploited
in a cost-effective and bandwidth-efficient communication system design. Firstly, because
all downstream transmitters and upstream receivers are concentrated at the same physical
location, a considerable amount of hardware can be shared by all modems. Also, this enables
the accurate synchronization of downstream transmissions required using synchronous, highcapacity CDMA. Finally, since the CATV network topology is fixed, it is expected that
upstream transmissions can also be synchronized in a rather simple way.
The digital phase-locked loop (DPLL) presented in this thesis allows a considerable part
of the upstream receiver to be shared by all headend modems. This circuit requires the use of
two different code sequences per user. It is remarked that if a digital carrier recovery circuit
can be designed which requires only one code sequence per user, this could lead to a double
user capacity.
The performance of the upstream receiver in the presence of linear distortion has been
investigated using a simulation model. It was found that especially linear group delay and sinusoidal amplitude response variations are potentially harmful. Yet, in modern HFC networks
linear distortion is expected to result in only moderate system performance degradation.
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Appendix A

Derivation of sensitivity to chip
timing offsets
In this appendix, we will derive the mathematical expressions which are necessary to determine the dependence of S-QPSK-CDMA system performance on chip timing offsets. To ease
the analysis, ideal digital filtering and interpolation are assumed, so that the digital front-end
(AID converter, chip matched filter and interpolating filter) can be represented by an analog
matched filter followed by a sampler.
The I-Q signals at the outputs of the chip matched filters can be represented by a single
complex signal m(t), which is written as
N"

m(t) =

L

Sm(t -

T

m ) + n(t),

(A.I)
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is the mth user's QPSK-CDMA signal and n(t) is a thermal noise signal. Here, 8m and
represent the mth user's carrier phase and access timing delay relative to a reference
clock, respectively. Further, dim and dkm are its I-Q binary data symbols in the kth symbol
interval, and
and
are the Lth chips of its I-Q spreading sequences. Tc is the chip period,
T = NTc is the symbol period, N is the spreading sequence length, A is the signal amplitude,
and p(t), p(O) = 1 is the chip pulse shape after matched filtering. Note that 8m = 0 and
T m = 0, 1 ~ m ~ N u for the downstream communication link. Without loss of generality, we
only consider the reception of the in-phase data symbols dkl of the first transmitter.
The signal m( t) is sampled at chip rate at sampling times 71 relative to the reference
clock, where 71 is controlled by the chip timing recovery circuit. Signal despreading is done
by multiplication of the resulting samples by the corresponding replica sequence elements
Tm
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. and subsequent accumulation over N samples:
N

L 41 m (k'T + LITe + fd·
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If we assume that the sequence length N is large enough to neglect interference between
consecutive symbols, we only have to account for interchip interference and Xk can be rewritten
as
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l=max(l,l-i)

we get
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i=I-N

In this expression, the first term contains the desired signal component Sk, and 7/Jk and rJk are
the MAl and the thermal noise terms, respectively.
Because it is assumed that (h is perfectly recovered by the carrier recovery subsystem, we
can express the expected signal energy at the input of the decision threshold device as
(A.8)

1 In

[Franchi, Braun), the aperiodic cross-correlation function is defined as He (i; m) ~ :E;::::'(:':(~.i~~). In the

opinion of the author, this should be He(i; m) ~ :E;:::(:X(~.;~)i)'
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in which Eb = N A2 is the received signal en~rgy per bit. In order to calculate the level of MAl
and thermal noise power accompanying the signal, we must realize that the carrier phases
Om, m =1= 1 are independent of each other and of OIl and that they are uniformly distributed
over [0, 27r). As before, it is assumed that both the MAl and the thermal noise are Gaussian
signals. Their variances are

(A.9)

and
2
(j

1/

= - 2-o,
NN

(A. 10)

respectively.
For perfect chip timing recovery, i.e. 'h = T m , 1 :::; m :::; N u and ideal Nyquist pulse
shaping, i.e. p( iTc ) = 0, i =1= 0, the signal energy at the decision threshold device has a
maximum value NEb, which results in optimum system performance in terms of BER. Chip
timing offsets fj"T = i 1 - 71 however cause interchip interference and hence some degradation.

Appendix B

Design procedures for channel
modelling digital filters
.In this appendix, procedures are described for the design of digital filters with prescribed
amplitude response and constant group delay, and with prescribed group delay and constant
amplitude response, respectively. These filters can be used to model communication channels
with various linear distortion.
Symmetrical FIR filters with prescribed amplitude response
The transfer function of a FIR filter of degree 2M + 1 with symmetrical coefficients h[n]
h[-n], n = 1,2, ... ,M can be written as

=

M

H(ej{}) = h[O]

+2

L h[n] cos(nO).

(B.l)

n=1

By prescribing H(e jo ) at M + 1 frequencies in the interval [0, 7l"], a system of linear equations
is obtained which can be easily solved for the filter coefficients:
jOO

H(e )]
H(e j01 )

H(e~(}M)

[

-

[12COS0 1
1 2 cos O2

2 cos 20 1
2 cos 20 2

2COSMB1]
2cosMB2

~ 2 co~ 8M

2 cos 2BM

2 cos MBM

h[O]]
h[l]

.

[

.

(B.2)

hiM]

Specifying H(e jOn ), n = 0,1, ... ,M at equidistant frequencies in the interval [0,7l"] according
to a linearly decreasing or a sinusoidal characteristic yields the desired linear-phase FIR filters.
All-pass filters with prescribed group delay
Digital all-pass filters, i.e. filters of which the transfer function magnitude equals unity over
the whole frequency range, possess the typical property that their poles and zeros are mirror
images of each other with respect to the unit circle. The transfer function of a causal all-pass
of degree M can therefore be written as

H( )
z

= zM D(z-l)
D(z)

,

(B.3)
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where
M

D(z)

= Lc[n]zn,

e[M]

=1

(B.4)

n=O

is the denominator polynomial.
According to a method in [23], the all-pass filter coefficients can be calculated from the
Fourier coefficients g[k] of the desired group delay function

+00

t g (8) =

L

g[k]e- jk8 .

(B.5)

k=-oo

The coefficients c[n] of the denominator polynomial are computed by solving the system of
linear equations

1
g[l]

0
2

0
0

c[M - 1J
e[M-2]

0
0

g[l]
g[2]
=

g[M - 4J
g[M - 3J

g[M - 2] g[M - 3J
g[M -IJ g[M - 2J

g[M - 1]
g[M]

c[l]
c[OJ

0

M

(B.6)

The Fourier coefficients g[k] are obtained with an inverse Fourier transformation
(B.7)
For a linear group delay characteristic of the form

(B.8)
we get

g[kJ = -ex
1T

l

0

1f

8cos(kO)dO = -ex2k [cos(br) 7T

1J .

(E.g)

For a sinusoidal group delay characteristic of the form

t g (8) = ex· cos({30),

-7T
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7T

(RIO)

we get

g[kJ = -ex
1T

l

0

1f

cos({3()) cos(kO)dB = {a/2
0

if k = ±{3,
elsewhere.

(B.ll)

Appendix C

Simulation program source
In this appendix, we present the C source which was used for the simulation of the COMA
modem performance. The program "tx.c" generates a composite of 64 OS-CDMA signals
at four samples per chip. The program "rx.c" contains an implementation of the upstream
receiver, according to the design of Chapter 5. A number of functions used by "tx.c" and
"rx.c" are defined in the header files "tx.h" and "rx.h", which are also given below.
Source of tx.c: generation of a DS-CDMA signal

1***********************************************************************1
1* tx.C:
generation of a composite of QPSK-CDMA signals
*1
1***********************************************************************1
#include <stdio.h>
#include <math.h>

1***********************************************************************1
1* define constants
*1
1***********************************************************************1
#define
#define
#define
#define
#define
#define
#define
#define

DATALEN
SEQLEN
SAMPLESPCHIP
NUSERS
FILTERLEN
FSAMPLE
PI
IF

256
127
32
64
511
1.30048000e+8
3.14159265
4.1e+6

1*
1*
1*
1*
1*
1*
1*
1*

# of symbols
code sequence length
# of samples per chip
# of active users
matched filter length
sample frequency
approx. of pi
IF frequency (in channel

*1
*1
*1
*1
*1
*1
*1
*1

#include "tx.h"

1***********************************************************************1
1* declare functions
*1
1***********************************************************************1
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void
void
void
void
void
void

get_u~e~q~ta(int userdata_i[NUSERS]

[DATALEN] ,
int userdata_q[NUSERS] [DATALEN]);
get_codes(int code_i[NUSERS] [SEQLEN] •
int code_q[NUSERS] [SEQLEN]);
get_delays(int delay[NUSERS]);
get_filter(float filter[FILTERLEN]);
get_init_phases(float theta[NUSERS]);
get_freq_offsets(float freq_offsets[NUSERS]);

/***********************************************************************/
/* main program
*/
/***********************************************************************/
void mainO
{

/*********************************************************************/
/* declare variables
*/
/*********************************************************************/

1* user data

*/

1* code sequences

*1

/* transmission delays

*1

/* matched filter inputs

*/

1* carrier phases

*1

/* local oscill. freq. offs.
1* matched filter outputs

*/

*1

/* output transmitters

*1

register int i, j, k, 1, n;
int cnt = 0;

/* some counters

*/

FILE *fptr;

/* file pointer

int userdata_i[NUSERS] [DATALEN];
int userdata_q[NUSERS] [DATALEN];
int code_i[NUSERS] [SEQLEN];
int code_q[NUSERS] [SEQLEN];
int delay[NUSERS];
float filter[FILTERLEN];
float input_i[NUSERS] [FILTERLEN];
float input_q[NUSERS] [FILTERLEN];
float theta[NUSERS];
float freq_offset[NUSERS];
float output_i;
float output_q;
float tx_output;

1***************************************************** ****************/
1* load data, code sequences, filter coefficients, etc.
*/
1***************************************************** ****************/
get_userdataCuserdata_i, userdata_q);
get_codes(code_i, code_q);
get_delays(delay);
get_filterCfilter);
get_init_phases(theta);
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/*********************************************************************/
/* open file for output transmitters

*/

/*********************************************************************/
if«fptr_i = fopen(" out.dat", "V")) == NULL) {
printf(IIError in opening file 'out.dat'.\n");
}

/*********************************************************************/
/* initialize matched filter

*/

/*********************************************************************/
for(i = 0; i <= NUSERS-l; i++)
for(j = 0; j <= FILTERLEN-l; j++) {
input_i[i][j] = 0.0;
input_q[i][j] = 0.0;
}

/*********************************************************************/
/* start transmission

*/

/*********************************************************************/
for(k = 0; k <= DATALEN-l; k++) {
printiC"Busy processing symbol %d ... \n". k);
for(n = 0; n <= SEQLEN-l; n++) {
for(l = 0; 1 <= SAMPLESPCHIP-l; 1++) {
tx_output
for(i

= 0.0;

= 0; i <= NUSERS-l; i++) {

if(l == delay[i]) {
/* introduce synchronization errors
*/
input_i[iJ [0] = (float) (userdata_i[i] [k] * code_i[i] [n]);
input_q[i] [0] = (float) (userdata_q[i] [k] * code_q[i] [n]);
} else {
input_i[i] [0] = 0.0;
input_q[iJ [0] = 0.0;
}

output_i = 0.0;
/* perform matched filtering
output_q = 0.0;
for(j = 0; j <= FILTERLEN-l; j++) {
output_i += (filter[j] * input_Hi][j]);
output_q += (filter[j] * input_q[i] [j]);
}

66

Simulation program source

for(j = FILTERLEN-2; j >= 0; j--) {
input_Hi] [j+l] = input_Hi] [j] ;
input_q[i] [j+l] = input_q[i] [j] ;
}

tx_output += (output_i * cos(theta[i]»
1* convert to IF
+ (output_q * sin(theta[i]»;
theta[i] += (2.0 * PI * (IF + freq_offset[i]) 1 FSAMPLE);

*/

}

cnt++;
cnt %= (SAMPLESPCHIP 1 4);
if(cnt == 0)
1* output transmitted signal
fprintf(fptr, "%f\n", tx_output);
}
}

}

fclose(fptr);
}

*1
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Source of tx.h: header file of tx.c

/********************************************************************/
/* load user data
*/
/********************************************************************/
void get_userdata(int userdata_i[NUSERS] [DATALEN] ,
int userdata_q[NUSERS] [DATALEN])
{

int i,j;
float element;
FILE *fptr;
if«fptr = fopen(lIuserdata.dat", II r "» == NULL)
printf(IIError in opening file 'userdata.dat'.\n");
else {
for(i = 0; i <= NUSERS-l; i++) {
for(j = 0; j <= DATALEN-l; j++) {
f scanf (fptr, "%f II, &element);
userdata_i[i][j] = (int) element;
}

for(j

= 0;

j <= DATALEN-l; j++) {
fscanf (fptr, "%f", &element);
userdata_q[i][j] = (int) element;

}
}

fclose(fptr);
}

}

1***************************************************** ***************/
/* load transmission delays

*/
1***************************************************** ***************/
void get_delays(int delay[NUSERS])
{

int i;
float element;
FILE *fptr;
if«fptr = fopen(lIdelay.dat", "rlO») == NULL)
printf(IIError in opening file 'delay.dat'.\n ll ) ;
else {
for(i = ~; i <= NUSERS-l; i++) {
fscanf(fptr, lI%fll, &element);
delay[i] = (int) element;
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}

fclose(fptr);
}
}

/********************************************************************/
/* load code sequences
*/
/********************************************************************/
void get_codes(int code_i[NUSERS] [SEQLEN],
int code_q[NUSERS] [SEQLEN])
{

int i,j;
float element;
FILE *fptr;
if«fptr = fopen("ppgold.dat", "r"» == NULL)
printf("Error in opening file 'ppgold.dat'.\n");
else {
for(i = 0; i <= NUSERS-l; i++) {
for(j = 0; j <= SEQLEN-l; j++) {
fscanf(fptr, "%f", &element);
code_i[i][j] = (int) element;
}

0; j <= SEQLEN-l; j++) {
fscanf (fptr, "%f", &element);
code_q[i] [j] = (int) element;

for(j

}
}

fclose(fptr) ;
}
}

/********************************************************************/
/* load shaping filter coefficients
*/
/********************************************************************/
void get_filter(float filter[FILTERLEN)
{

int i;
float element;
FILE *fptr;
if«fptr

= fopen("sqrtrc.flt",

"r"» == NULL)
printf(IIError in opening file 'sqrtrc.flt'.\n");

else {
for(i

= 0;

i

<=

FILTERLEN-l; i++) {
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fscanf (fptr, "%f". &element);
filter[i] = element;
}

fclose(fptr);
}
}

/********************************************************************/
/* load initial carrier phases
*/
/********************************************************************/
void get_init_phasesCfloat theta[NUSERS])
{

int i;
float element;
FILE *fptr;
if«fptr = fopen(flinitphse.dat". fir")) == NULL)
printf(flError in opening file 'initphse.dat'.\n");
else {
for(i = 0; i <= NUSERS-l; i++) {
fscanf(fptr. fI%f", &element);
theta[i) = element;
}

fclose(fptr);
}
}

/********************************************************************/
/* load frequency offsets
*/
1***************************************************** ***************/
void get_freq_offsetsCfloat freq_offset[NUSERS))
{

int i;
float element;
FILE *fptr;
if«fptr = fopen("freqoffs.dat". fir")) == NULL)
printf(flError in opening file 'freqoffs.dat'.\n fl );
else {
for(i = 0; i <= NUSERS-l; i++) {
fscanf(fptr, fI%ffl. &element);
freq_offset[i) = element;
}

fclose(fptr);
}
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Source of rx.c: reception of a DS-CDMA signal

/*************************************************************************/
/* rx.c:
/*

simulation of CDMA reception in the presence of AWGN
and linear distortion

*/
*/

/*************************************************************************/
#include <stdio.h>
#include <math.h>

/*************************************************************************/
/* define constants

*/

/*************************************************************************/
#define
#define
#define
#define
#define
#define
#define
#define
#define
#define
#define
#define
#define
#define

NUSERS
USER
SEQLEN
DATALEN
FSAMPLE
IF
CHANNEL_FILTERLEN
LP_FILTERLEN
MTCH_FILTERLEN
INTP_FILTERLEN
INTP_FACTOR
PI
PHSE_CNST
SIGNAL_POWER
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o
127
256
1.6256e+7
4.1e6
14
31
31
128
8

3.14159
50

162.7

/* # active users
/* user id
/* code sequence length
/* # symbols
/* input sample frequency
/* IF freq. (in channel)
/* channel filter length
/* lowpass filter length
/* matched filter length
/* interp. filter length
/* oversampling factor
/* approx. of pi
/* dpll parameter
/* received signal power

#include "rx .h"

/*************************************************************************/
/* declare functions

*/

/*************************************************************************/
void
void
void
void
void

get_codes(int code_i[SEQLEN], int code_q[SEQLEN])j
get_channel(float channel[CHANNEL_FILTERLEN]);
get_lp_filter(float lp_filter[LP_FILTERLEN]);
get_mtch_filter(float mtch_filter[MTCH_FILTERLEN])j
get_intp_filter(float intp_filter[INTP_FILTERLEN]);

/*************************************************************************/
/* main program

*/

/*************************************************************************/
void mainO
{
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1***********************************************************************1
1* declare variables
*1
1***********************************************************************1
int code_i[SEQLEN];
int code_q[SEQLEN];
float channel[CHANNEL_FILTERLEN];
float channel_input[CHANNEL_FILTERLEN];
float Ip_filter[LP_FILTERLEN];
float lp_input_i[LP_FILTERLEN];
float lp_input_q[LP_FILTERLEN];
float mtch_filter[MTCH_FILTERLEN];
float mtch_input_i[MTCH_FILTERLEN];
float mtch_input_q[MTCH_FILTERLEN];
float intp_filter[INTP_FILTERLEN];
float intp_input_i[INTP_FILTERLEN];
float intp_input_q[INTP_FILTERLEN];
float track_input_i[2];
float track_input_q[2];
float est_theta[3];
float phase_error[3];
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float
float

sample;
channel_in;
channel_output;
lp_output_i;
lp_output_q;
mtch_output_i;
mtch_output_q;
intp_output_i;
intp_output_q;
early_output_i = 0.0;
early_output_q = 0.0;
late_output_i = 0.0;
late_output_q = 0.0;
track_error;
sym_i_re = 0.0;
sym_i_im = 0.0;
sym_q_re = 0.0;
sym_q_im = 0.0;
phase_error_i;
phase_error_q;
sym_i;
sym_q;
noise_i;
noise_q;
signal_energy = 0.0;

1* code sequences

*1

/* channel filter coeff.
/* chann. fIt. shft rgstrs
1* lowpass filter coeff.
/* lowp. fIt. shft rgstrs

*/
*/

*1
*/

1* matched filter coeff.

*/
/* matched fIt. shft rgstrs */
/* interp. filter coeff.
*1
1* interp. fIt. shft rgstrs */
/* track. fIt. shft rgstrs

*1

/* dpll fIt. shft rgstrs

*1

1* received samples

*1

1* channel filter outputs *1
1* lov-pass filter outputs *1
1* matched filter out

*1

1* interp. filter outputs

*/

1* tracking filter outputs */

/* tracking error
*/
1* complex detected symbols *1

1* dpll errors

*1

1* detected symbols

*/

1* AWGN samples

*/

/* received signal energy

*1
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float noise_energy

= 0.0;

/* received

~wj.13e

register int i, 1, m;
int inst = -540;
O·,
int chip
int time = 0;

/*
/*
/*
/*

FILE *fptr;
FILE *fptr_sym_i, *fptr_sym_q;
FILE *fptr_noise_i, *fptr_noise_q;

/* file pointers

energy

some counters
timer for code tracking
chip counter
time counter

*1
*/

*1
*/
*/

*1

1***********************************************************************1
/* load code sequences and filter coefficients
*/
/***********************************************************************/
get_codesCcode_i, code_q);
get_channelCchannel);
get_lp_filterClp_filter);
get_mtch_filter(mtch_filter);
get_intp_filter(intp_filter);
/***********************************************************************/

1* open files for input and output data
*1
1***********************************************************************1
if«fptr_i = fopen(" out.dat", "r ")) == NULL) {
/* received signal */
printf(IIError occurred while opening file 'out.dat'.\n");
}

if«fptr_noise_i = fopen(" noise_i.dat", "r ")) == NULL) {
printf("Error in opening file 'noise_i.dat'.\n");

/* noise */

}

if«fptr_noise_q = fopen(" noise_q.dat", "r ")) == NULL) {
printf(IIError in opening file 'noise_q.dat'.\n");
}

if «fptr_sym_i = fopen(lI sym_i .datil , "W" ) ) == NULL) {
printf(IIError in opening file 'sym_i.dat'. \n");

/* det. symbols *1

}

ifC(fptr_sym_q = fopen(" sym_q .dat", "W")) == NULL) {
printf(IIError in opening file 'sym_q.dat'.\n");
}

/***********************************************************************/
/* initialize filters
*/
/***********************************************************************/
for(i = 0; i <= CHANNEL_FILTERLEN-l; i++) {
channel_input[iJ = 0.0;
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}

for(i = 0; i <= LP_FILTERLEN-l; i++) {
Ip_input_i[iJ = 0.0;
Ip_input_q[iJ = 0.0;
}

for(i = 0; i <= MTCH_FILTERLEN-l; i++) {
mtch_input_i[iJ = 0.0;

mtch_input_q[i] = 0.0;
}

for(i = 0; i <= INTP_FILTERLEN-l; i++) {
intp_input_i[iJ = 0.0;
intp_input_q[iJ = 0.0;
}

phase_error[O] = phase_error[l] = phase_error[2] = 0.0;
est_theta[O] = est_theta[l] = est_theta[2] = 0.0;

1***********************************************************************1
1* start reception
*1
1***********************************************************************/
for(l = 0; 1 <= (DATALEN * SEQLEN * 4) - 1; 1++) {
for(m = 0; m <= INTP_FACTOR-l; m++) {
1* up-sampling
inst++;
mtch_output_i = 0.0;
mtch_output_q = 0.0;
i f (m

/* incr. track. timer

== 0) {

1*****************************************************************/
1* load baseband input signal and convert to IF frequency
*1
/*****************************************************************1
fscanf (fptr "%f" &sample);
channel_input[O] = sample;
J

J

/****************~************************************
************1

*1
1*****************************************************************/
/* perform channel filtering and convert to baseband

channel_output = 0.0;
for(i = 0; i <= CHANNEL_FILTERLEN-l; i++) {
channel_output += (channel[iJ * channel_input[i]);
}

for(i = CHANNEL_FILTERLEN-2; i >= 0; i--) {
channel_input[i+l] = channel_input[i];
}
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lp_input_i [0]
channel_output_i * cos(2.0*PI*IF*time/FSAMPLE);
lp_input_q[O] = channel_output_q * sin(2.0*PI*IF*time/FSAMPLE);
time++;
/*****************************************************************/
/* remove mirror frequencies by low-pass filtering
*/
/*****************************************************************/
lp_output_i = 0.0;
lp_output_q = 0.0;
for(i = 0; i <= LP_FILTERLEN-l; i++) {
lp_output_i += (lp_filter[i] * lp_input_i[i]);
lp_output_q += (lp_filter[i] * lp_input_q[i]);
}

for(i = LP_FILTERLEN-2; i >= 0; i--) {
Ip_input_i[i+l] = lp_input_i[i];
Ip_input_q[i+l] = Ip_input_q[i];
}

/*****************************************************************/
/* add AWGN; measure signal and noise energy
*/
/*****************************************************************/
signal_energy += (lp_output_i * lp_output_i)
+ (lp_output_q * lp_output_q);
fscanf(fptr_noise_i, "%f", &:noise_i);
fscanf(fptr_noise_q, "%f", &:noise_q);
noise_i /= sqrt(SIGNAL_POWER);
noise_q /= sqrt(SIGNAL_POWER);
noise_energy += (noise_i * noise_i) + (noise_q * noise_q);
mtch_input_i[O] = lp_output_i + noise_i;
mtch_input_q[O] = lp_output_q + noise_q;
/*****************************************************************/
/* perform matched filtering
*/
/*****************************************************************/
for(i = 0; i <= MTCH_FILTERLEN-l; i++) {
mtch_output_i += (mtch_filter[i] * mtch_input_i[i]);
mtch_output_q += Cmtch_filter[i] * mtch_input_q[i]);
}

for(i = MTCH_FILTERLEN-2; i >= 0; i--) {
mtch_input_i[i+l] =mtch_input_i[i];
mtch_input_q[i+l] = mtch_input_q[i];
}
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}

/*******************************************************************/
/* interpolate matched filtered signal

*/

/*******************************************************************/
intp_input_i[O]
intp_input_q[O]
intp_output_i =
intp_output_q =
for(i = 0; i <=
intp_output_i
intp_output_q

= mtch_output_i;
= mtch_output_q;
0.0;
0.0;
INTP_FILTERLEN-l; i++) {
+= (intp_filter[i] * intp_input_i[i]);
+= (intp_filter[i] * intp_input_q[i]);

}

for(i = INTP_FILTERLEN-2; i >= 0; i--) {
intp_input_i[i+1J = intp_input_i[i];
intp_input_q[i+l] = intp_input_q[i];
}

/*******************************************************************/
/* at integer-instant samples: extract symbols

*/

/*******************************************************************/
if(inst -sym_i_re
sym_i_im
sym_q_re
sym_q_im

2

+=
+=
+=
+=

* INTP_FACTOR)

{

intp_output_i
intp_output_q
intp_output_i
intp_output_q

*
*
*
*

code_i[chip];
code_i[chip];
code_q[chip];
code_q[chip];

}

/*******************************************************************/
/* at half-integer-instant samples: extract chip timing

*/

/*******************************************************************/
if(inst == 4 * INTP_FACTOR) {
inst = 0;

/* reset tracking timer

track_input_i[l] = track_input_i[O];
track_input_i[O] = intp_output_i;
early_output_i += track_input_i[O] * code_i[chip];
late_output_i += track_input_i[l] * code_i[chip];
track_input_q[l] = track_input_q[O];
track_input_q[O] = intp_output_q;
early_output_q += track_input_q[O] * code_i[chip];
late_output_q += track_input_q[l] * code_i[chip];
chip++;

/* increment chip counter

*/
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if(chip == SEQLEN) {
chip = 0;
track_error

/* end of code sequence
/* reset chip counter

(early_output_i * early_output_i)
+ (early_output_q * early_output_q)
- (late_output_i * late_output_i)
- (late_output_q * late_output_q);

if (track_error > 0.0) {
inst--;
} else {
inst++;
}

/* adjust estimated chip timing */

/***************************************************************/
/* estimate carrier phase

*/

/***************************************************************/
phase_error[2] = phase_error[l];
phase_error[1] = phase_error[O];
est_theta[2] = est_theta[1];
est_theta[l] = est_theta[O];
est_theta[Q] = 2 * est_theta[l]
/* estimate of carr. phase */
- est_theta[2]
+ 2 * phase_error[l] - phase_error[2];

/***************************************************************/
/* rotate complex signals using carrier phase estimate

*/

/***************************************************************/
sym_i

=

(sym_i_re

*
*

cos(est_theta[O]»
sin(est_theta[O]»;
sym_q = (sym_q_re * cos(est_theta[O] + (PI / 2.0»)
+ (sym_q_im * sin(est_theta[O] + (PI/ 2.0»);
phase_error_i = (sym_i_im * cos(est_theta[O]»
- (sym_i_re * sin(est_theta[O]»;
if(sym_i < 0.0)
phase_error_i = -phase_error_i;
phase_error_q = (sym_q_im * cos(est_theta[O] + (PI / 2.0»)
- (sym_q_re * sin(est_theta[O] + (PI / 2.0»);
if(sym_q < 0.0)
phase_error_q = -phase_error_q;
phase_error[O] = (phase_error_i + phase_error_q) / PHSE_CNST;
+ (sym_i_im

/***************************************************************/
/* output detected symbols

*/

78

Simulation program source

1***************************************************************1
fprintfCfptr_sYID_i, "iof\n", sYID_i);
fprintf(fptr_sYID_q, "iof\n", sym_q);

1***************************************************************1
1* reset some variables
*1
1***************************************************************1
early_output_i = 0.0;
early_output_q = 0.0;
late_output_i = 0.0;
late_output_q = 0.0;
sym_i_re = 0.0;
sym_i_im = 0.0;

sym_q_re = 0.0;
sym_q_im = 0.0;
}
}
}
}

1***********************************************************************1
1* output bit SNR
*1
1***********************************************************************1
printf(IIEb I NO = iof\n\n",
(2 * signal_energy * SEQLEN) I (noise_energy

*

NUSERS));

1***********************************************************************1
1* close files
*1
1***********************************************************************1
fclose(fptr);
fclose(fptr_sym_i);
fclose(fptr_sym_q);
fclose(fptr_noise_i);
fclose(fptr_noise_q);
}
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Source of rx.h: header file of rx.c

/********************************************************************/
/* load code sequences
*/
/********************************************************************/
void get_codes(int code_i[SEQLEN], int code_q[SEQLEN])
{

int i,j;
float element;
FILE *fptr;
if((fptr = fopen("ppgold.dat", "r ")) == NULL)
printf("Error in opening file 'ppgold.dat'.\n");
else {
for(i = 0; i <= NUSERS-l; i++) {
for(j = 0; j <= SEQLEN-l; j++) {
fscanf(fptr, "%f", &element);
if(i == USER)
code_i[j] = (int) element;
}

for(j = 0; j <= SEQLEN-l; j++) {
fscanf(fptr, "%f", &element);
i f (i == USER)
code_q[j] = (int) element;
}
}

fclose(fptr);
}
}

/********************************************************************/
/* load channel response
*/
/********************************************************************/
void get_channel(float channel[CHANNEL_FILTERLEN])
{

int i;
float element;
FILE *fptr;
if«fptr = fopen(l ch_la_2.dat", "r ")) == NULL)
printf("Error occurred while loading channel characteristics.\n");
else {
for(i = 0; i <= CHANNEL_FILTERLEN-l; i++) {
fscanf(fptr. "%f", &element);
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channel[i]

= element;

}

fclose(fptr);
}
}

/********************************************************************/

1* load low-pass filter coefficients

*1

/********************************************************************/
void get_Ip_filter(float Ip_filter[LP_FILTERLEN)
{

int i;
float element;
FILE *fptr;

"»

if«fptr = fopen("lp_flt.flt", "r
== NULL)
printf ("Error in opening file 'lp_flt. flt' .\n") ;
else {
for(i = 0; i <= LP_FILTERLEN-l; i++) {
fscanf(fptr, "%f", &element);
lp_filter[i] = element;
}

fclose(fptr);
}

}

/********************************************************************/
/* load shaping filter coefficients
*/
/********************************************************************/
void get_mtch_filter(float mtch_filter[MTCH_FILTERLEN])
{

int i;
float element;
FILE *fptr;

"»

if«fptr = fopen(" sqrtrc2.flt", "r
== NULL)
printf("Error in opening file 'sqrtrc2.flt'.\n");
else {
for(i = 0; i <= MTCH_FILTERLEN-l; i++) {
fscanf(fptr, "%f", &element);
mtch_filter[i] = element;
}

fclose(fptr);
}

}
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/********************************************************************/
/* load interpolating filter coefficients

*/

/********************************************************************/
void get_intp_filter(float intp_filter[INTP_FILTERLEN])
{

int i;
float element;
FILE *fptr;
if«fptr = fopen("intp.flt", "r ")) == NULL)
printf("Error in opening file 'intp.flt'.\n");
else {
for(i = 0; i <= INTP_FILTERLEN-l; i++) {
fscanf(fptr, "%f", &element);
intp_filter[i] = element;
}

fclose(fptr);
}
}

