-

View metadata, citation and similar papers at core.ac.uk brought to you by i CORE

provided by Explore Bristol Research

-% University of
OPEN (o) ACCESS BRISTOL

Hammuda, H., McGeehan, J. P., & Bateman, A. (1988). Spectral efficiency
of cellular land mobile radio systems. In IEEE 38th Vehicular Technology
Conference (1988), Philadelphia. (pp. 616 - 622). Institute of Electrical and
Electronics Engineers (IEEE). 10.1109/VETEC.1988.195317

Link to published version (if available):
10.1109/VETEC.1988.195317

Link to publication record in Explore Bristol Research
PDF-document

University of Bristol - Explore Bristol Research
General rights

This document is made available in accordance with publisher policies. Please cite only the published
version using the reference above. Full terms of use are available:
http://www.bristol.ac.uk/pure/about/ebr-terms.html

Take down policy

Explore Bristol Research isadigital archive and the intention is that deposited content should not be
removed. However, if you believe that this version of the work breaches copyright law please contact
open-access@bristol.ac.uk and include the following information in your message:

* Your contact details
* Bibliographic details for the item, including a URL
» An outline of the nature of the complaint

On receipt of your message the Open Access Team will immediately investigate your claim, make an
initial judgement of the validity of the claim and, where appropriate, withdraw the item in question
from public view.


https://core.ac.uk/display/29025709?utm_source=pdf&utm_medium=banner&utm_campaign=pdf-decoration-v1
http://dx.doi.org/10.1109/VETEC.1988.195317
http://research-information.bristol.ac.uk/en/publications/spectral-efficiency-of-cellular-land-mobile-radio-systems(3174be5e-8772-4881-bbd6-06e2777975f0).html
http://research-information.bristol.ac.uk/en/publications/spectral-efficiency-of-cellular-land-mobile-radio-systems(3174be5e-8772-4881-bbd6-06e2777975f0).html

SPECTRAL EFFICIENCY OF CELLULAR LAND MOBILE RADIO SYSTEMS
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ABSTRACT

A rigorous and comprehensive approach to the definition
and evaluation of spectral efficiency of cellular land
mobile radio systems is presented. The method accounts for
all pertinent system parameters within a cellular land
mobile radio network. Subjective tests to evaluate the
protection ratio for various systems is thought to be
imperative to the evaluation of spectral efficiency. The
paper concludes with a comparison of a number of current
and proposed mobile radio schemes based upon the spectral
efficiency evaluation package developed.

1. INTRODUCTION

The radio spectrum is a finite resource, and it is important
that it is exploited efficiently by all users. The predicted
growth in the UK is such that the bands allocated to
mobile radio will become congested in the foreseeable
future unless steps are taken to deploy modulation
techniques and systems which significantly improve
spectrum utilization.

Nowadays, a wide variety of modulation and multiple
access techniques are offered as a solution to spectral
congestion in the land mobile radio environment. Amongst
the modulation systems suggested are: Wideband and
narrowband digital systems (TDMA and FDMA based),
spread spectrum and ACSSB, besides conventional FM
analogue systems. Voice channel spacings vary from 5KHz
for ACSSB systems up to 300KHz or more for spread
spectrum Ssystems. Furthermore, each multiple access
technique: TDMA, CDMA, FDMA and hybrid multiple
access techniques, is claimed to have the highest spectral
efficiency when applied to mobile radio systems.

To date, many methods have been employed in an attempt
to evaluate and compare these different modulation and
multiple access techniques in terms of their spectral
efficiency. These methods range from pure speculation,
mathematical derivations,  statistical estimations, to
computer simulations, as well as methods based on
laboratory measurements.

Unfortunately, none of the above methods can be said to
be rigorous or conclusive. Mathematical methods, for
instance, have been used to predict the co-channel
protection ratio, yet this is highly a subjective system
parameter. Other approaches, such as the statistical one,
are difficult for the practicing engineer to apply in
general. Results based on computer simulations must be
treated with a degree of suspicion when the basis of such
simulations, is not revealed.
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Thus, it is essential to establish a rigorous and
comprehensive set of criteria with which to evaluate and
compare between different combinations of modulation
and multiple access techniques in terms of their spectral
efficiency in the cellular land mobile radio environment.
Such a method is the subject of this paper, in which, only
an outline of the method is presented. A thorough
treatment will be published in the near future.

2, MEASURES OF SPECTRAL EFFICIENCY IN
CELLULAR LAND MOBILE RADIO SYSTEMS

In order to assess the efficiency of spectrum usage in
cellular land mobile radio networks, it is important to
agree upon a measure of spectral efficiency which accounts
for all pertinent system variables within such networks. A
precise definition of spectral efficiency is the first step
towards the resolution of the contemporary conflicting
claims regarding the relative efficiencies of existing and
proposed cellular land mobile radio systems. A precise
measure of spectral efficiency will also permit the
estimation of the ultimate capacity of various, existing and
proposed, cellular land mobile radio systems as well as
setting minimum standards for spectral efficiency.

Hatfield [1] surveys various proposed measures of spectral
efficiency in land mobile radio systems, reviewing the
advantages, disadvantages and limitations of each. As a
result, the measure of spectral efficiency as:

Erlangs/MHz/ Km?

proves to be adequate, comprehensive and appropriate for
cellular land mobile radio systems. In this definition, the
Erlang as a measure of traffic intensity is used. It measures
the quantity of traffic on a voice channel or a group of
channels per unit time, and as a ratio of time, it is
dimensionless.

An alternative and conceptually simpler definition of
spectral efficiency in cellular land mobile radio systems is
presented in terms of:

Voice Channels/MHz/Km2

The above two measures of spectral efficiency are directly
related. It can be shown that the conversion from
Channels/Ml-[z/l(mz to l:',rlangs/M}*Iz/](mz is easily

obtained given equivalent blocking probability and holding
time on the channels in the system.

M f n 1 f
Mobil i
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For the above measures of spectral efficiency to be




successful, the quality of service offered by different
cellular land mobile radio systems, has to be included.
However, when we talk about quality in terms of cellular
land mobile radio systems, typically, three kinds of quality
requirements are considered:

1) The degree of coverage in terms of traffic or
area. That is to say, the percentage of the total area in
which the service is available.

2) The grade of service in terms of blocking
probability or waiting times, when the service is required.

3) Interference levels. This is judged by the
protection ratio of a given modulation system which gives
rise to a particular voice quality.

Of the above three quality requirements, only 2 and 3 are
relevant to our spectral efficiency measures. In general, the
grade of service and voice quality can be fixed to a given
standard, which all cellular mobile radio systems in
comparison have to comply with, and hence, a uniform
quality is maintained throughout the comparison.

3. SPECTRAL EFFICIENCY OF MODULATION
SYSTEMS

In cellular land mobile radio systems, there are two major
parameters which govern spectral efficiency: the
modulation system employed and the multiple access
technique used to trunk the signals in the system. For the
sake of convenience and flexibility, we propose to calculate
the efficiency of modulation systems and the efficiency of
multiple access techniques in isolation. The overall spectral
efficiency of a particular cellular land mobile radio scheme
is then obtained by combining the two types of eff iciency.

Adopting the measure of spectral efficiency in cellular
land mobile radio systems as: Channels/MHz/Km?, the
spectral efficiency of a modulation system can be
mathematically interpreted by the following equations:

n - 1
" Total available bandwidth . Cluster area
1)
n, - B./B, -{2)
B.(N.A)
", s —d .(3)
B_N.A4
Where:
n.  :Modulation efficiency in Channels/MHz/Km?.
B, : Total bandwidth available to the system in MHz.
B, : Voice channel spacing in MHz.
N : Number of cells per cluster.
A : Cell area in Km?.

From equation (3), the spectral efficiency of a modulation
system is inversely proportional to the channel spacing B
and the cluster area (N.4). It is independent of the total
bandwidth B, allocated to the cellular land mobile radio
system, excfuding trunking efficiency considerations,
which are considered in section 6.

For two competing modulation systems x and y, the
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relative spectral efficiency n_is given by:

n, - (n) w(4)

(ny),
(B).N..A
n= =Y wof5)
(B) N, A
The cell area, A, is independent of the type of modulation
used and the amount of power transmitted, since a cellular
land mobile radio system is interference limited. Hence,
equation (5) becomes:

(B_),.N,
n = S ..(6)
(B,).N,

Ultimate Capacity of Cellular Land Mobile Radio Svstems

The ultimate capacity of a land mobile radio system using
a particular modulation system is achieved by employing
the minimum possible cell size through cell splitting. This,
in turn, is limited by some practical considerations such as
the hand-off rate, cell site tolerance, acceptable co-channel
interference, power control and paging mobiles within the
system [2]. Cells as small as 1.5 km in radius appear to be
practical [3]. In our opinion, a cell radius as small as 1 km
(4 » 3 Km®) is possible with the present technology. This
will be used in the efficiency comparison of various
cellular systems.

4. CALCULATION OF THE NUMBER OF CELLS PER
CLUSTER (N)

In a cellular land mobile radio system, the number of cells
per cluster, N, influences its capacity. Nevertheless, N
itself depends on the cell shapes as well as the model used
to calculate the co-channel interference in the system. In
this respect, we need to look at the cellular geometry used
to model the cellular land mobile radio system.

The Cellular Geometry

The main reason for defining cells in a cellular system is
to outline areas in which specific channels and specific cell
sites are used. Visualizing all cells as having the same
geometrical shape helps to ease the assessment of spectral
efficiency of various cellular land mobile radio systems
especially to calculate the co-channel interference in the
system. For many reasons, the regular hexagon is favoured
and widely used by system designers. Correction factors
can be introduced to allow for practical considerations.
Using the hexagonal geometry, the following relations are
obtained [2}

Co-channel reuse ratio= Mji - 7,
Cell radius
w(7)
Q=D -(8)
R
D = [3Nj3 w(9)
R

where N can only take restricted values, e.g. N = 1, 3, 4, 7,
9,12, 13, ...etc.
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The spectral efficiency of a cellular land mobile radio
system employing a particular modulation system is a
function of three main System parameters: channel spacing,
cell area and the co-channel reuse ratio. It is of great
importance, however, to relate the spectral efficiency of
modulation systems to speech quality experienced by the
users in the cellular land mobile radio system. The speech
quality is influenced by the signal to co-channel
interference protection ratio determined by the modulation
system used. To establish a relationship between the

protection ratio of a modulation system and the co-channel
reuse distance, it is necessary to model the cellular land
mobile radio system in such a way that the propagational
effects on the radio signal are accounted for. It is also
necessary to model the relative geographical locations of
the transmitters and receivers in the system so as to be able
to predict all the significant co-channel interference
affecting the desired signal.

Co-channel Interference Models

In general, two main categories of co-channel interference
models can be visualized. The first category is a
geographical one, where the models are constructed by
considering the relative geographical locations of the
transmitters and receivers, considering different possible
numbers of interferers in the system. The second category
is a statistically based group of models, in which the

propagational effects, mainly fading and shadowing, are
included in a statistical fashion.

A thorough comparative study of six different models were
conducted. Three geometrical models: considering one
interferer, six interferers [4] and several tiers of
interferers. Also, three statistical models: fading only (5],
shadowing only {6} and both fading and shadowing [6]. The
overall result is shown in Fig.1 and a brief comparison is
given,

Comparison of the Various Models

1. In general, the geometrical models are easier to
develop and use.

2. The geometrical model with six interferers is a
8ood compromise compared with the two other geometrical
models. The geometrical model with one interferer is not a
realistic one, on the other hand, considering several tiers of
interference does not significantly improve the model.

3. Although fading and shadowing effects are not
considered when the geometrical models are developed,
their effect on the signal can be included in the value of
protection ratio by performing subjective measurements for
various modulation systems, under fading and shadowing
conditions.

4. As for the statistical category, the model with
fading and shadowing accounts for the general situation
which characterizes the mobile radio channel. The
shadowing only model is useful when means of diversity
reception are adopted in the system. The fading only
model is useful when a line of sight reception is available.
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5. The major drawbacks in the statistical models are
their complexity and in the unrealistic assumption of one
interferer only. Attempts to account for the interference
from the first tier of co-channel cells [7) adds further
complexity to the statistical models making them more
difficult for application.

6. Furthermore, the way in which the statistical
models are used is not very obvious. If the protection ratio
for a particular modulation system is to be subjectively
assessed under fading and shadowing conditions and the
statistical model with fading and shadowing is used, then
large values of reuse distances appear to be necessary. For
example, the protection ratio for 25/30kHz FM cellular
land mobile radio systems is in the range of 18dB;
according to the statistical model with 90% fading and 6dB
shadowing the number of cells per cluster required for
quality voice reception is 21, which does not comply with
established cellular systems such as AMPS and TACS,
which use only 7 cells per cluster. On the other hand, the
statistical models inherently assume that fading and
shadowing cause identical deterioration to the signal
regardless of the modulation system employed, which is
not the case in practice.

As a result, although the statistical models appear
attractive, they do not resemble the practical situation and
hence are not favoured. We feel strongly in favour of the
geometrical model with six interferers. It is a useful tool in
assessing the spectral efficiency of cellular systems,
provided that the values of protection ratio used are
subjectively evaluated for various modulation systems
under fading and shadowing conditions.

10

9

8 421
{19

416

413
112

Co—channel Reuse Ratio D/R
Number of Cells per Cluster N

Geom. with 6 interferers
Geom. with 90 interferers
Geom. with one interferer
Stal. 90X fading only
Stot. 90%, 6d8 shadowing

Stat. 90% fading & 6dB shadowing

Protection Ratio a

Fig.1 Comparison of Various Co—channel Interference Models




6.SPECTRAL EFFICIENCY OF MULTIPLE ACCESS
IECHNIOUES

The aim of multiple access techniques is to combine signals
from different sources on a common transmission medium
in such a way that, at their destinations, the different
signals or channels can be separated without mutual
interference. In other words, multiple access techniques
permit many users to share a common communication
band, presumably, in the most efficient way.

i itipl n,
Basically, there are three multiple access techniques:

a) Frequency Division Multiple Access (FDMA): In
this technique, the users share the radio spectrum in the
frequency domain. The user is allocated part of the
frequency band to use throughout the time of his
communication.

b) Time Division Multiple Access (TDMA): In this
technique, the users share the radio spectrum in the time
domain. The user is allocated a time slot during which, he
has access to the whole freq y band all d for the
system (wideband TDMA), or only part of the band
(narrowband TDMA).

¢) Code Division Multiple Access (CDMA): This
technique combines FDMA and TDMA. With the CDMA
technique, each user in the system is assigned a ‘unique’
pseudorandom user code. Then each user can access the
time-frequency domain at any time in a unique’ manner.
Frequency hopping is one example of this technique.

heor 1 an i fici 1)
Techniques

Theoretically, all multiple access techniques described
above have the same spectral efficiency, provided that
signals transmitted from different users in the cellular
system, are orthogonal. However, this is not the case in
practice, where implementation limitations reduce the
theoretical efficiency of different multiple access
technique, each in different way. In FDMA, for
instance, the multiple access spectral efficiency is reduced
by the need of guard bands between channels to reduce
filter roll-off requirements and to accommodate frequency
shifts. Similarly, in TDMA technique, the spectral
efficiency is reduced by the inclusion of guard time and
synchronization preamble ...etc. In general, multiple access
efficiency is reduced by the need of control channels, set
up channels ...etc.

Multipl n r

We define a multiple access efficiency factor as: "The ratio
of the total time-frequency domain dedicated for voice
transmission to the total band available to the system".

From the above definition, the multiple access efficiency
factor is dimensionless, and has an upper limit of one.
Mathematically, the muitiple access efficiency factor n, ¢
for trunking, has to be defined for different multiple
access techniques. Furthermore, since multiple access
techniques are defined in both the time and frequency
domains, n, is given by :
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(Its efficiency in the frequency domain) .
(Its efficiency in the time domain)
..(10)
n, is evaluated for different multiple access techniques:

1. FDMA

n, B.M 1 (1)

where :

B_and B, have their usual notations.

Af‘ : 'i'he total number of voice channels available to

the system.

2.Wideband TDMA

n r.M‘

< 1 (12)
e

t =

where :

T : Time slot duration in seconds (for voice
transmission).

T : Frame duration in seconds.

M, : Number of time slots for voice transmission in a
frame (time channels).

Alternatively :

Yoice channel (inb/s) . M -
Total bandwidth (in b/s)

3.Narrowband TDMA
n, - ™™, . B.M

n

..(13)

t

.(14)

where

T, Mt, T and Bs have their usual notations.

B“ : Bandwidth which a user has access to, during his
time slot.

M, : Number of users sharing the same time slot in the
system, but having access to different frequency bands.

4.CDMA

ny < T.M.B M
Tt

Some studies show that the theoretical efficiency of
asynchronous CDMA technique in utilizing the frequency
domain is as low as 70% compared with FDMA and
synchronous TDMA techniques [8].

1. OVERALL SPECTRAL EFFICIENCY OF CELLULAR
LAND-MOBILE RADIO SYSTEMS

The overall spectral efficiency of a cellular land mobile
radio scheme employing a modulation system of spectral
efficiency n_ and a multiple access technique of efficiency
factor ny, is given by :

(15)

n = nm.nt

(16)




Using the geometrical model with six interferers, n and n_
are given by :

n - 3":_ .(17)
B_[6a]*/%4
n - (B ) .(a )j* (n). .(I18)
T —_— iYL —tx
(B,) (a)/* ),

where n is in Channels/MHz/Km? and n, is dimensionless;
a is the propagation power law.

Table.]l shows a comparison of a number of current and
proposed cellular land mobile radio schemes perform under
the above spectral efficiency package. Parameters being
obtained from the open literature, 4 = 3Km? and « is 4.

8. SPECTRAL EFFICIENCY OF DIGITAL CELLULAR
MOBILE RADIO SYSTEMS

Although the previous spectral efficiency evaluation
method is mainly designed for analogue cellular land
mobile radio systems, the method can easily be adapted for
digital modulation systems. The two main parameters
which need to be evaluated for digital modulation systems
are: a) The bandwidth occupancy, since the channel is
defined in terms of kb/sec. b) The protection ratio in a
cellular environment. In this paper, two approaches to
evaluate the two parameters are presented:

1. Practical approach: This is a simple method used
to combine the voice channel bit-rate in kbits/sec with the
practical speed of the digital modulation system in
bits/sec/Hz. In this way the equivalent channel spacing (or
bandwidth occupancy) is mathematically given by:

jt-r.
Modem speed (b/s/Hz)
(19

Eguivalent ch. spacing =

modulation systems. The attraction of this approach is in
its simplicity as well as resembling the true practical
situation. Furthermore, the effect of coding on the value
of the protection ratio will automatically manifest itself in
the subjective assessment.

2. Theoretical approach: A more formal approach is
found in [9]. The protection ratio of a digital modulation
system is calculated in terms of its bandwidth utilization in
bits/Hz and the energy per bit per noise density which
characterizes the type of digital modulation employed. The
following assumptions were made:

a) Optimum processing and performance can be
achieved for all digital modulation systems.

b) A 16 kb/sec digitized speech channel with the
quality maintained.

¢) Random bit error rate of less than 1 in 1072 is
adequate for voice quality.

d) Only one bit error occurs per symbol in multi-
level digital modulation systems.

For multilevel systems, the protection ratio is given by :

S/ = (E, /N ).log M ...(20)
where:
E. : The energy per bit.
AP : The interference density.
M : The number of levels in the M-ary digital

modulation system. Also, the system bandwidth efficiency
is given by log, M (bits/Hz).

For M-ary bi-orthogonal signaling using QPSK as the
carrier, the protection ratio is given by [10}

The protection ratio required for quality voice reception is s/ = [2k/ 2“-1)] {Ey/N,) -(21)
then subjectively assessed under fading and shadowing
conditions, in exactly the same way as for analogue
Parameters |Channet spacing| . on Relative Overall
e P"::“:f:'“ :“:;L effi(ctiency Trunking | oo
0 efficiency 2
dB 3 m
Cellular schem m;m (@B) |owe 25kHz/FM) (&/Mriz/Kim')
TACS/FM |25 18-19) 182 | 1.0 |>095| 1.47
17-1
AMPS/FM |30 172181152 | 0.84|>095| 1.19
ACSB/5kHz|5 20 o | 7.10 | 3.90(>0.95| 6.57
o 72| 0=1211.47 | 081 |~0.80| 0.94
Somg otum | 75| buneg | 142 | 078 [<0.75 | 0.83
NB/FD| Digital
S/ FoMA/Distt 10 15 1798 | 437|>095| 6.21
DMS—90 10-12
Ne DGk 30 | (oerived) 3.54 1.95 |~0.80 2.58

Table 1. Spectral Efficiency of Some Celiular Schemes
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where:

E, and N as above.

k : The number of orthogonal levels employed. Also,
the theoretical bandwidth efficiencfr for bi-orthogonal
QPSK signaling is given by / 21«:/2("'1 ].

This theoretical approach has some drawbacks due to the
assumptions made earlier. For instance, although coding
can be accounted for in terms of bandwidth, the above
equations do not show its effect on the value of protection
ratio. Nevertheless, this method is particularly appealing in
the absence of subjective protection ratio figures.

%@m

An alternative measure of spectral efficiency is in terms of
Erlangs/MHz/Km?2, Following the definition of an Erlang
as the quantity of traffic on a voice channel or a group of
channels per unit time and using equation (2):

n., (Erlangs/MHz/Km?) =

Traffic carried by ( B‘/Bc) channels
B .N.A

..(22)

A more accurate definition is to treat the traffic in each
cell in the system independently. Hence, n. becomes:

n, (Erlangs/MHz/Km?) =

Traffic carried by [( B‘/Bc)/N ] channels ..(23)
B . A
]

Furthermore, the trunking efficiency can be included in
the following way:

n (Erlangs/MHz/Km?) -

Traffic carried by [( B,/B )n/N] channels ..(24)
B‘ LA

Basically, there are two traffic models by which the

amount of traffic available to a cell in the system can be

calculated:

1. A ’pure loss’ or blocking system model in which
blocked calls are cleared. That is to say, if a call arises
when all channels are busy, the call is immediately cleared
with zero holding time. This model is best described by the
Erlang-B distribution, which is widely used in traffic
theory.

2. Queuing system model in which blocked calls
wait. In this model, a blocked call can wait until a voice
channel becomes free. The Erlang-C distribution is a good
representative of this model. It gives the probability of
delay greater than 't' seconds in terms of the number of
channels available to the system.

In general, traffic models are very much dependent upon
the behaviour of users in the system and hence, the choice
of a traffic model for cellular systems must follow a
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detailed study of such behaviour within mobile systems.
Nevertheless, the blocking system model suffices for
cellular systems. In our opinion, adopting a queuing system
model is unlikely to achieve any substantial increase in
spectrum efficiency. This is because more control channels
are required to accommodate for the queue, which can
considerably lower the trunking efficiency of the system.

From equation (24), the following are noted :

1. The spectral efficiency in Erlangs/MHz/Km? is
influenced by the quality of the cellular system in terms of
the grade of service as blocking probability or waiting
time, depending on the traffic model.

2. The voice quality is represented by the value of
N, since N is a function of the protection ratio of the
modulation system employed.

3. The spectral efficiency in Erlangs/MHz/Km?
depends on the total bandwidth allocated to the cellular
system B,. This is due to the non-linear relation between
the number of channels available to a cell, and the amount
of traffic in Erlangs which can be carried by the channels.

4. The capacity of a cellular system in terms of
Users/MHz/Km? can be derived given the spectral
efficiency in Erlangs/MHz/Km?, and the average traffic
per user in the system (e.g. 0.05 Erlangs/user, in the busy
hour).

Table.l shows the spectral efficiency in Erlangs/MHz/Km?
of a number of current and proposed cellular land mobile
radio schemes operating in a 10MHz bandwidth, using
Erlang-B distribution and 2% blocking probability.

10. METHODS OF OBTAINING THE VALUE OF THE
PROTECTION RATIO FOR DIFFERENT MODULATION
SYSTEMS

Cellular land mobile radio systems are interference limited,
and the protection ratio plays an important role in
assessing their spectral efficiency. Unfortunately, although
many protection ratio figures appear in the literature every
now and then, some methods by which such figures are
obtained are not very convincing. It is necessary, therefore,
to agree upon a standard systematic method by which the
protection ratio can be evaluated for different cellular
systems. Such a standard method should account for all
propagational effects on the radio signal. Also, any
technique which is believed to enhance the performance of
any particular system could be included. First, the
protection ratio needs to be defined.

Defini n

The world Administrative Radio Conference, Geneva,
1979, defined the protection ratio as the minimum value of
the wanted-to-unwanted signal ratio, usually expressed in
decibels, at the receiver input determined under specified
conditions such that a specified quality of the wanted
signal is achieved at the receiver output [11]. This ratio
may have different values according to the type of
modulation system used. A more precise definition of
protection ratio is [2]: "The level at which 75% of the users
state that the voice quality is either good or excellent in
90% of the service area". Other definitions exist, however,
it is necessary to have a standard definition of the
protection ratio so that consistent values of protection
ratios can be obtained.




The following is a survey of possible methods of obtaining
the protection ratio.

a) Mathematical Derivation: To mathematically
derive a value for the protection ratio requires a great deal
of involvement in the various parameters of a modulation
system as well as the the conditions which affect the radio
signal. The mathematical model must also be able to allow
for any technique which can improve the signal quality.
Furthermore, the hardware used such as the modems and
transceivers etc. may need to be realized mathematically. In
all, this method can prove very tedious with a doubtful
outcome of protection ratio figures.

b) Objective Measurements (SINAD Method): In
this method, a drop in the SINAD value of the desired
signal, usually from 18 to 12dB’s, is set as an indication of
the modulation system performance under co-channel
interference conditions. In the test, the desired signal is
replaced by a modulated tone, usually at 1000Hz, and the
interference signal is either a voice shaped noise or a voice
recording played back. Note that with the desired signal
replaced by only a modulated tone, propagational
conditions such as frequency selective fading, will not have
the same practical effects. Also, large uncertainties in the
SINAD readings can result due to fading, which can make
this method impractical.

c) Subjective Measurements: In cellular systems, the
protection ratio as a measure of voice quality is certainly a
matter for subjective assessment. The subjective assessment
of the signal to co-channel protection ratio involve human
judgment of system performance. Such judgment may be
based on the quality, intelligibility or the general
acceptability of the received signal under realistic
conditions. Details of this method can be found in [12].

d) Field Measurements: The protection ratio can be
subjectively assessed in the real cellular mobile
environment. This can be done wusing one desired
transmitter site and six undesired transmitters, as in
practice. Then, with the undesired transmitters playing
back typical conversations, the desired signal is recorded at
a roaming mobile station for a range of S/I values. The
protection ratio is then subjectively assessed by a group of
listeners. This method has the advantage of a real mobile
environment but it can prove very expensive to carry out.
It is an option in hand for established systems which
already exist.

11. CONCLUDING REMARKS

This paper combines a global approach to the definition
and evaluation of spectral efficiency which accounts for all
system parameters in cellular land mobile radio systems
and the ease of a practical applicability to all existing and
proposed, digital and analogue, cellular systems. Hence
such systems can be set in a ranking order of spectral
efficiency.

This study also demonstrates the crucial importance of the
protection ratio in the evaluation of the spectral efficiency
of modulation systems. It is also argued that since the
protection ratio of a given modulation system inherently
represents the voice quality under varying conditions, it is
imperative that such a parameter is evaluated subjectively.
Furthermore, the evaluation of the protection ratio should
be performed under various simulated conditions, e.g.
fading and shadowing, in such a way that the effect of
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these conditions is accounted for in the overall value of the
protection ratio. In addition, any technique which improves
signal quality or overcomes hazardous channel conditions
in the system should also be included in the test.
Consequently, the effect of amplitude companding,
emphasis/de-emphasis, coding, etc. will influence the
overall value of the protection ratio.

Unfortunately, because of the space limitation, a thorough
treatment cannot be given. However, this will be the
subject of a full paper which to be published soon.
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ABSTRACT

This paper describes SCPC/FDMA digital mobile
radio system channel structure supporting ISDN
services. Three kinds of radio channels are proposed
offering ISDN services with efficient spectrum
utilization. They are an information channel, control
channel and packet channel.

The effects of diversity and FEC are discussed for
the improvement of digital transmission quality and
frequency spectrum utilization.

Some studies are presented regarding quality
objectives for bearer services under multipath fading
environments.

1. INTRODUCTION

ISDN services for a fixed network are now being
planned for world-wide utilization. In Japan, they will
be initiated this year (1988) in major cities.

In the future, it should be possible to offer the
ISDN related services and facilities to public land
mobile and portable radio systems.

In addition to the various services provided for in
ISDN, the information bit rate is considerably higher
than data communications in analog telephone
systems (using baseband modem). Thus present analog
mobile radio systems may no longer be applicable for
ISDN services.

The severe multipath fading in radio transmission
make it difficult to establish highly reliable digital
signal transmission. The channel structure for mobile
ISDN should be designed while bearing in mind the
differences in wireline and mobile radio environment
characteristics.

Efficient spectrum utilization is also an important
subject to accommodate the tremendous growth in

numbers of mobile and portable radio subscribers
within spectrum resource limitations.

Digital mobile radio systems are being developed to
meet these requirements(1)~(3).

In this paper, logical and practical (radio) channel
structures are proposed to realize various mobile ISDN
services with efficlent spectrum utilization.

Effects of diversity and forward error correction
(FEC) for the digital transmission reliability and
frequency spectrum utilization are investigated. The
studies are also given for the quality of mobile ISDN.

2. ISDN SERVICES

ISDN offers circuit switched service and packet
service. Circuit switched service bearer rates are
64kb/s, 384kb/s, 1,536kb/s, 1,920kb/s. In addition,
40Mb/s and 150Mb/s rates are now being discussed.

For mobile radio, however, it is desirable to provide
lower bearer rate (sub-rate) services from the
viewpoint of efficient spectrum utilization.

CCIR IWP 8/13 proposed low bit rate bearer
service of 8kb/s, 16kb/s and 32kb/s.

Two types of packet services are provided in ISDN.
One is B-channel packet service and the other is
D-channel packet service. B-channel packet is
transmitted/received using circuit switched radio
channel. There are two ways to transmit and receive
D-channel packet signal.

(1)A circuit switched radio channel (dedicated
channel) is assigned to each packet user.

(2)Several packet users share one radio channel (radio
packet).

From the viewpoint of frequency spectrum
utilization, (2) is preferable. However, the through-put
of (1) is higher than that of (2). Therefore, both types
of radio channels may be necessary.
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3. RADIO CHANNEL DESIGN

3.1 Channel Implementaion Structure

Since available radio spectrum is very limited, it is
difficult to offer mobile ISDN service with data rate of
144kb/s (2B+D interface) or more. Instead, the
following three kinds of channel structures are
proposed.

(al_Information Channel:

-The information channel, I, corresponds to ISDN B
(Bearer) channel.

-The I-channel access rate consists of mj or mgxIg,
where Ig is the basic building block rate.

-The building block rate Ig should be determined
considering bearer service rates of for mobile
radio, voice coding rate and frequency spectrum
economy. Ip=8kb/s was recommended in CCIR
IWP8/13.

-Plural information channels are combined as
m) xIgp+mgxIg, where m) and mg are chosen
individually.

({iControl Channel:

-The control channel, C, corresponds to ISDN D
(Data) channel.

-C-channel consists of the following two channels:
+« C; (Common channel):
- Paging and access control.
- D-channel packet.
+ Co (Dedicated channel):
- Assocated to I-channel for
supervisory control.
- D-channel packet.

-The assocoated mode Cg-channel bit rate should be
as low as possible within the confines of good
service quality.

In dedicated D-channel mode, Cg bit rate should
be variable according to the through-put and the
amount of information. So, channel structure of
Co=4xCq is desirable where Cq is the basic
building block rate of Co.

[c) Packet Channel :

B-channel packet signals are transmitted/received
in I-channel. D-channel packet signals are
transmitted/received in C; channel or Co channel
as written in (b). From the view point of efficient
spectrum utilization, it is effective to use
Cj1-channel for user packet service. However, it
may be difficult to achieve high through-put in C;
channel because paging and access control signal

Base Station
Circuit Switched Channel
Carrier for Gircuit mkm (Including B-ch Packet)
Switched Service t L1 [¢7]
D-ch Packet
m1|o+mW R | Supervisory 2B
i TRX for information |
C
201 01 Pack
284D -ch Packet
TRX for Control T
D
— CC
zP
D-ch Packet
TRX for Packet
lo (Information) —_— : :
C, (Signal) : C, (Dedicated)
11919nal) ~ i D-ch
Cz (Supervisory)  —— : &1 (Gommen) 7 Packet Signal
“““““““““““““““ R P(Common)
TS EBD L e
Fig.1 Radio Channel Structure

624




take priority over packet signal. So, in order to
provide high through-put packet services, it is

necessary to provide the user packet channels P) 16kb/'s GMSK
(BbT=0.25)
which are independent of Cj-channel. 4 fd=40Hz
-K n : 10 |
In order to accommodate the supervisory
functions ( radio signal attenuation etc.) for the 1'02 | No Diversity
radio link, the house-keeping channel, R, should be \
provided. House-keeping channels are terminated E 3
at the base station. 010
g Diversity
zZ
Basically, there are two ways to achieve multiple or
access for the digital mobile radio system : FDMA and s
TDMA. From the view point of service quality and 10 |-
spectrum efliciency, FDMA 1is preferable because of
radio channel allocation flexibility. Co-channel “-’6 , ,
interference can be avoided by re-allocating the 0 10 26~ 30 40
carrier frequency. Bandwidth can be optimized in Average CNR (dB)
proportion to the information bit rates. Transmitter Fig. 2 BER vs. CNR

power can be varied according to the required quality.

Another feature of FDMA is that it is not sensitive
to selective fading. Because of the spectrum limitation,
higher frequency bands (1~3GHz) will be applied to 1
mobile radio in the near future. For such higher
frequency bands, fading frequency becomes

2t+1=mjnimum distance
between cddewords

100~400Hz. It becomes more difficult to equalize the % :
umwant e dapeson a such a g e g 5| g sl O

c : :

4. QUALITY AND IMPROVEMENT TECHNIQUES s : s

FOR DIGITAL TRANSMISSION : :

BCH(21,12) N

Good quality digital signal transmission is necessary 16° : : :

for mobile ISDN service as well as efficient frequency 0 0.2 FE°C4 Efficigﬁscy 0.8 1
utilization. Diversity and FEC are effective ways to (a) Information BER =10 2

overcome severe multipath fading and realize high 1
quality digital transmission. Following is a study of
diversity and FEC on bit error rate (BER)

Golay(23,12)
improvement and spectrum utilization. :

1 Div:
BER performance experiments were carried out

Channel BER
o

both with diversity and without diversity under the : "
following conditions.(4) BCH(21.12)
-Modulation : GMSK (BbT=0.25) Gt s : : :
“Bitrate : 16kb/s ° *®  FEC Efficieney 1
-Diversity algorithm : Baseband switching (b) Information BER =10°

For same BER, average CNR  decreases Fig.3 Information BER vs. Channel BER

considerably as compared with that of no diversity as
shown in Fig.2.
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42 FEC:

Figure 3 shows simulation results about the relation
between channel BER and information BER as a
function of FEC efficiency. As the FEC efficiency
decreases, BER also decreases.

Since additional bandwidth is necessary for FEC to
reduce BER, the spectrum efficiency degrades.
However, considering co-channel interference
resistivity, FEC Improves spectrum efficiency.
Accordingly, frequency utilization factor should be
evaluated considering both increased bandwidth and a
decreased frequency reuse zone number.

Figure 4 shows the flow chart used to obtain
spectrum efficiency. Calculations were carried out
assuming the following conditions.

-FEC BCH(21,12) or Golay(23,12) with soft
decision(5)
-Channel separation : 25kHz for no FEC
-Diversity : Baseband switching diversity
-Fading : Rayleigh, fading frequency=40Hz
-Outage probability 5% (corresponds to
margin=11dB)

Spectrum efficiency factor A (Number of
channels/Bandwidth(l MHz)/1 zone) is derived from
Fig 5. in the case of uniform traffic distribution. Figure
5 shows that FEC is effective to improve spectrum
utilization efficiency for high quality transmission (
average BER is about 10-4~10-6). As ISDN bearer
service requires maintaining the 10-6 BER (as shown
in 4.3), FEC is effective. But FEC does not improve
spectrum utilization efficiency for relatively low quality
transmission (average BER is 10-2 or more). This
means that FEC is not necessarily effective for voice
channel communication, because voice channel
average BER is prescribed to be around 1072 (for zone
boundary).

Relations between FEC efficiency and spectrum
utilization factor for tapered traffic distribution are
different from those for uniform traffic distribution.
To evaluate spectrum efficiency factor G (erlang/MHz)
under practical traffic distribution conditions in a
metropolitan area, the following assumptions are
imposed.

-Traffic Distribution :
from traffic peak)
-Zone Radius : 1km

Figure 6 shows that spectrum efficiency degrades
by using FEC even for BER=10-2. The more the traffic
concentrates, the more the spectrum efficiency
degrades.

CIR

10-{r/20) (r is the distance
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From these results, it must be noted that spectrum
efficiency should be taken into account when FEC is
applied, especially for voice transmission.

4 r M DN
End-to-end BER quality objectives are defined

according to CCITT recommendation G.821, for ISDN

64kb/s bearer service as shown in table 1.

It is difficult for mobile radio systems to fulfill
these objectives. So, it is important to discuss what
quality grades are necessary and what kind of quality
objectives are practical for mobile ISDN services,
considering spectrum efficiency and economy.

Simulations were carried out in order to estimate
the radio link parameter (i.e. the required average
CNR) which is necessary to fulfill bearer services
quality. Several assumptions are imposed to evaluate
the average CNR roughly. They are,

(1)Time domain outage probability can be replaced by
the outage probability of area.

(2)RF signal amplitude variation in receiving during
one second is Rayleigh distributed.

(3)Outage probability of %DM is replaced by the
average outage probability that BER exceeds 10-6
under Rayleigh (short term) and log normal (long
term: 0=6dB) distribution.

(4)BER for 1 radio link is assumed to be limited
within 1/4 of end-to-end quality mentioned in table
1.

(S)Information bit rate is assumed to be 8kb/s.

(6)Bit error occurs at random.

Figure 7 and 8 show static and short term averaged
BERs, respectively. Figure 9 shows the relations
between outage probability and average CNR margin.
From (1), (2), (4) and (5), short term average BER
should be lower than 1.25x10-4 for 98% area (%ES),
and be lower than 1x10-3 for 99.95% area (%SES).
From (1), (3) and (4), BER should be lower than
1x10-6 for 97.5% area (%DM). Table 2 shows the

Table 1 ISDN Service Quality Objectives
Item Outage time
More than 1 bit error
%ES | during 1 second <8%
o Average BER during
%DM
: 1 minute > 10% <10%
Average BER during
o,
#eSES 1 second > 1073 <0.2%
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required average CNR. %SES requires the highest
quality so that average CNR value is determined by
%SES. Regarding voice service, greater than 7dB
output power is necessary to offer ISDN bearer service
even if diversity and FEC are applied. If diversity were
not used, an additional 5dB margin should be added. If
FEC were not used, an additional 9dB margin would be
necessary.

These results show that not only are diversity and
FEC quite effective for ISDN bearer services, but also
increased output power might be necessary to fulfill
ISDN service quality requirements. CIR should also be
maintained as high level as CNR. Frequency reuse
distance may increase as compared with that of voice
service.

Quality estimations were based on the propagation
model for usual analog mobile systems. CNR margin
seems to be underestimated. More detailed
investigation based on practical digital transmission
field data is necessary to define mobile ISDN service
quality objectives.

5. CONCLUSION

SCPC/FDMA digital mobile systems channel
structures for ISDN services are proposed. Radio
channels are classified into three types an
information channel, control channel and packet
channel. ISDN bearer and packet services can be
offered with efficient spectrum utilization by using
these channels .

It should be noted that FEC has an effect on
spectrum effictency. For high quality services, FEC is
effective both in reliability and spectrum efficiency.
However, FEC is not advantageous for spectrum
efficiency in relatively lower quality services such as
voice.

To offer ISDN bearer services, diversity and FEC
may be indispensable. Moreover, much more RF
output power will be necessary as compared with
voice service. Further study is necessary for mobile
ISDN service quality design objectives.
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Table 2 An Example of the Objectives for Allowed
CNR of ISDN Bearer Service

%ES | %DM | %SES (Voice)
1.25 -6 3 2
BER 1 Gt 10 10 10
Outage o
Probability 2% | 25% | 0.05% | 5%
No Diversity
No FEC 48dB | 32dB | 49dB | 27dB
Diversity 31dB 27dB 36dB | 20dB
FEC 21dB 26dB 32dB -
FEC + 18dB | 20dB | 2748 | —
Diversity
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SPECTRAL EFFICIENCY IMPROVEMENT TECHNIQUES FOR NONLINEARLY
AMPLIFIED MOBILE RADIO SYSTEMS
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Abstract

We study ’double-juntp’ Nyquist channel filters which
lead to reduced spectral spreading and an improved Bit
Error Rate (BER) performance in nonlinearly amplified
(NLA) mobile radio systems. In linearly amplified systems
our filter retains the InterSymbol-Interfereince free prop-
erties of Nyquist filters and has the advantage of lower
overshoot than the conventional Raised Cosine (RCS) fil-
ters. This Reduced Overshoot Power (ROP) filter leads to
a 1dB system gain over conventional RCS filtered 16-QAM

systems in NLA channels.

1. Introduction

Efficient bandwidth utilization is very important in
mobile radio channels because of the steadily increasing de-
mand for mobile radio services. However, in mobile radio
channels, a filtered data signal having a compact spectrum
may have to be amplified by a nonlinear class-C power ain-
plifier, in order to achieve a better power efficiency. In this
case spectral restoration occurs [1]. Althowrgh Nyquist
raised cosine filters can limit the bandwidth of digital sig-
nal in linearly amplified channels, they may not be de-
sirable for the digital mobile system, because they lead
to more envelope fluctuation and more senstivity to the
noulinearities of mobile radio channels. In this paper. we
study 'double-jump’ Nyquist channel filters which lead to
reduced spectral spreading and an improved bit errvor rate
performance in nonlinearly amplified digital mobile radio

systeis.

To improve the digital signal transmission perfor-
mance in linear channels, Franks [2] proposed and stud-

ied, and later Tugbay [3], and Oshita [4] also investigated

Kamilo Feher
Department of Electrical Engineering
and Computer Science
University of California, Davis
Davis, CA 95616

double-jump filters which have a specified excess band-
width in the frequency domain. They all optimizesd their
filters based on their own optimization criteria respectively.
Franks selected the rolloff shape to minimize the sensitivity
to phase jitter, Tugbay to maximize the fraction of signal
energy in a given time interval, and Oshita to minimize
bit error rate under timing error uncertainties. Here, we
modify their filters to apply then to nonlinearly ampli-
fied channels. Our filter is simillar to Franks’ filter. but
its jump step is different from his filter’s. The jump step
factor C of our filter is optimized to minimize the aver-
age overshoot power of the impulse response in the time
domain, i.e., to minimize the envelope fluctuation of fil-
tered digital signals, so that a digital signal filtered by our
modification of the Franks’ filter becomes less sensitive to
nonlinear distortion of mobile radio channels. Because of
its reduced overshoot power (ROP), the new filter leads to
a better BER performance and less spectral spreading than
the conventional raised cosine filter in nonlinearly ampli-

fied channels.

2. ROP Filter and its Optimization

The reduced overshoot power (ROP) filter we pro-
pose has a linear-decaying slope combined with double-
jump transfer function in the frequency domain [2]. The
filter’s spectrum and its corresponding impulse response

are written as follows:

1 £ < 452
F= -2 (1 - o) S <ins g O
0 elsewhere

¢ =

©sin( ZL _ ey sin( Qs
h(t) = ih—m,(,%) [co.- (%) + (I_Q I”(ﬂf'.: )} (2)

where

T,: the symbol duration:
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21T$ : Nyquist band (minimum theoretical band [7]);

a: rolloff factor or excess bandwidth factor above

the minimum Nyquist band.

The parameter C is defined as the jump depth of the
spectrum. The impulse response satisfies the Nyquist I cri-
terion, ie., M{AkT,) = 0 for k = £1,42 .... The amplitude
transfer function and the impulse response of the ROP fil-
ter and raised-cosine (RCS) filter are shown in Fig.1 (a)
and (b) respectively. Linear phase is assumed throughout

our studying.

Spectrum
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Fig.1 ROP filter with € = 0.6 and RCS filter both

in frequency (a) and time (b) domain, with a = 0.5.

The Nyquist shaping filter always operates in a lim-
ited band width, and its impulse response spreads over
many symbol instants. Therefore, when a random data
sequence enters such a filter, an overshoot must take place
which leads to increased spectral spreading in nonlinearly
amplified systems. Peak factor [4] is a relative parameter
of overshoot and is indirectly related to spectral spreading.
Here, we introduce a new parameter, the overshoot factor
Fyyer which is more directly related to spectral spreading

than the peak factor.

In our analysis, we take a 16-QAM signal as an exam-
ple, but the results could be extended to other modulation

schemes. A 16-QAM signal is presented in a complex for-

mat :
+oc
s(t) = E: arph(t — ETy) + jbph(t — kTy) (3)
I-'= —C
where

ag, by = £1,£3  for 16-QAM systems.

And its overshoot signal is defined as follows:

Syuer = { [s(#)] —m  tC {x:]|s(z)] > m}

0 elsewhere (4)
where
m =32  for 16-QAM systems.
Fig.2 (a) and (b) show 16-QAM overshoot signal dia-
grams filtered by RCS and ROP filters respectively. If we
define P, as the average power of a 16-QAM signal and
P,.., as its average overshoot power, then the overshoot

factor mentioned above is calculated as follows:

P,
Forer = 10log (——w") (5)
Py
The overshoot factor is a function not only of the

rolloft factor a but also of the jump depth factor C. For
our ROP filter. we optimized the factor C by minimizing
the overshoot factor F, .., versus different o by means of

numerical computations. The relationship curve is shown
in Fig.3. To compare ROP filters with conventional raised
cosine filters. we show their overshoot power factors versus
different « in Fig.4. We note that the ROP filter has a
6.4dB lower F, e, than the square root Nyquist RCS filter
and 4.1dB lower than the Nyquist RCS filter at o = 0.5.




Overshoot

s(t) (7)

s(t) ()

(»)
Fig.2 Overshoot diagrams of 16-QAM signals, in
part (a), filtered by RCS filter. and in part (1y), filtered
by ROP filter.

3. Nonlinearly Amplified Channel Model

A simplified block diagram of the equivalent baseband
model of a nonlinear channel model is shown in Fig.5. In a
linear channel, the best theoretical combination of shaping
filters is when both the transmit filter and the receive filter
have the shape of square root of Nyquist shaping filter
characteristics. The only exception is that in the transmit

filter an shaping section is added [7]. However, in a

su:l(.,\')
nonlinear channel, this matched filtering is not an optimal
selection because of ISI and quadrature crosstalk [6]. The
Nyquist shaping filter may be locaded at the transmit side

or receive side only, i.e., it is not equally divided.

In this paper, two types of transmission models are
considered. Referring to Fig.5, for the convetional 16-
QAM system, the square root of Nyquist raised cosine fil-
ters (« = 0.5) are used in transmitter (with ﬁﬁ aperture
equalizer) and receiver. And for our new filtering 16-(QAM
system, the full Nyquist ROP filters (¢ = 0.5 and C = (.6)
are used in the transmitter (with Sin(7)

and a brick wall filter (cut off frequency of fy(1 + a)) is

used in the receiver. Because of the mismatch, the ROP

aperture equalizer).

filtering 16-QAM systems the in linearly amplified chan-
nels are 0.7dB lower to RCS filtering systems. See the BER

performance shown in Fig.11.

Optimal Jump Factor C

[3

0. 0.1 0.2 ©.3 0.4 0.5 0.6 0.7 0.8 C.3% 1.0

Rolloff Factor «
Fig.3 Optimized jump factor (' of ROP filter versus
different rolloff factor a.
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Overshoot Factor (dB)

-35.
6. 6.1 0.2 0.2 0.4 0.5 0.6 0.7 0.8 0.9 1.0

Rolloff Factor «
Fig.4 Overshoot power factors F, ., of three types

of filters versus different rolloff factor a.

4. Performances of Nonlinaerly Amplified 16-
QAM System Fiitered by ROP Filters
The variable of our analysis is the output power of the

outermost signaling states defined as follows:
Pyuy = km? (6)

where m is defined in (4), and k is a constant defined by
the choise of OBO. This is the peak output power to the
HPA taken over the 16-QAM constellation , and it also
corresponds to the peak power at the detector at sample

times.

The assumptions used in our computer simulation are
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— equivalent baseband model of 16-QAM modem is il-
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summarized as follows:

a. As an illustrative example, a 16-QAM system with
fs of 1 MBaud (or f, = 4Mbit/s) is used.

b. The nonlinearly amplified channel has an amplifier
such as the Fujitsu linearized solid state GaAs FET ampli-
fier. Its characteristics of AM/AM and AM/PM conver-
sions are shown in Fig.6 [9)].

c. As an illustrative rolloff factor, a of 0.5 is used in

all simulations.

4.1 Power Spectrum of the ROP Filter in a Non-
linear Channel

The spectrum of 16-QAM signals filtered respectively
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by ROP filters and square root of Nyquist raised-cosine
filters are shown in Fig.7. In part (a), a linearly amplified
channel is considered, and In part (b), a nonlinearly am-
plified channel is considered. Note that in the comparison
with RCS filter, ROP filter spectrum has lower spectral
spreading in the nonlinearly amplified channels with the
sanie OBO of 2dB, and that an 2dB OBO improvement of
FET amplifier is shown in the same spectrum spreading.
If the power spectral dencity of the spread out of band sig-
nal beyond the cut off frequecy must be 35dB less than the
inband spectrum, , then the HPA amplifier can operate at
an OBO of 2dB in a ROP filtering 16-QAM system, but it
has to operate at an OBO of 4dB in a conventional RCS
filtering 16-QAM systtem.

4.2 The Eye Diagrams and Constellations of 16-
QAM Systems

The 16-QAM eye diagrams of I-channel in linear chan-
nels are shown in Fig.8. Fig.8 (a) shows the conventional
raised cosine filter’s response, and Fig.8 (b) the ROP fil-
ter’s. Comparing the Fig.8 (a) and (b), we note that the
16-QAM signal filtered by ROP filter has less overshoot
and an increased horizontal eye opening. The 16-QAM
eye ciagrains in the nonlinearly amplified channel are il-
lustrated in Fig.9. In part (a), the signal is filtered by the
raised cosine filter, and the FET amplifier in the nonlinear
channel operates at an OBO of 4dB. In the part (b), the
signal is filtered by the ROP filter, and the FET amplifier
in the nonlinear channel operates at an OBO of 2dB. The
16-QAM constellations corresponding to the environments
m the Fig.9 (a) and (b) are illustrated in Fig.10 (a) and

(b) respectively.

4.3 Bit Error Rate of 16-QAM Signal Filtered by
ROP Filter

P(e) performance results of 16-QAM signal filtered by
ROP filter in linear channels are shown in Fig.1l. We
found that 16-QAM signal filtered by a ROP transmit fil-
ter (o = 0.5,C' = 0.6) and a brick wall receive LPF (cut
off frequency of fn(1+ a) has about 0.7dB degradation of
Carrier to Noise Rate (CNR) at P(e)=10"° from theoret-

ical performance.

Fig.12 shows the BER performance of 16-QAM sys-
tem filtered respectively by the ROP filter with an OBO
of 2dB of HPA and the RCS filter with an OBO of 4dB of
HPA. In ROP filtered system a 1dB degradation of CNR



from the RCS filtered system is found. However, consid-
ering the reduced OBO of 2dB, we still get 1dB system
gain from ROP filtered systems. The SNR degradations
of RCS and ROP filtering 16-QAM systems versus the dif-
ferent OBO is illustrated in Fig.13. Referring to Fig.13,
when the OBO of the FET amplifier is less than 4dB, the

ROP filtering system indicats 0.5dB more improvement in

Spectrum
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Fig.7 Power spectrum densities of 16-QAM signals
filtered by ROP filter and RCS filter respectively. A
linear channel (a) and a nonlinear channel (b) are illus-
trated.
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P(e) performance than the RCS filtering system. How-
ever, when HPA operates nearly linearly, that is, the OBO
is much enough, the square root Nyquist raised cosine filter
has a better performance. This is because for the optimal
matched filtering in the linear channel. In this studying
the adjacent channel interference (ACI) caused degrada-
tion was not fallen into account. Combined with ACI our
propsed ROP filtering system is expected to lead to some

of limit system gains.

5. Conclusions
A reduced overshoot power filtering strategy was pro-

posed and analyzed. Without need for additional spec-
Eye Diagram
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-3,

tral shaping filters after nonlinear amplification, the 16-
QAM signal filtered by the ROP filter has smaller spectral
spreading than the conventional raised cosine filter. Our
study results reveal that when the spectral spreading is be-
low 35dB, the OBO of a linearized FET amplifier can be
reduced by 2dB through application of a ROP filter and
that a 1dB system gain can be achieved considered the
reduced OBO and the CNR degradation at P(e)=1075.

REFERENCES
[1] K.Feher, et. al. : ’Advanced Digital Communica-
tions: Systems and

Signal Processing Techniques’,

Prentice-Hall, Inc., Englewood Cliffs, N.J. 07632; 1987.

[2] L. E. Franks, "Further Results on Nyquist’s Prob-
lem in Pulse Transmission”, IEEE Trans. Commun. Tech-

nol. vol.COM-16, no.2, pp.337-384, Apr. 1968.

[3] N. Tugbay and E. Panayirci, "Energy Optimiza-
tion of Band-limited Nyquist signals in the Time Domain”,

IEEE Trans. Commun. vol.COM-35, no.4, Apr. 1987.

[4] S. Oshita, ”Optimum Spectrum for QAM Par-
turbed by Timing and Phase Errors”, IEEE Trans. Com-
mun. vol. COM-35, no.9, pp.978-980, Sep. 1987.

(5] B. T. Bynum and E. W. Allen, ”136Mb/s-6GHz
Transmission system Design Considerations”, Proc. of the
IEEE-ICC’83, Bostton, pp.1478-1483.

635

[6] K. Feher: 'Digital Communications: Satellite /
Earth Station Engineering’ Prentice-Hall, Inc., Englewood
Cliffs,N.J. 07632;1983

[7] K. Feher: ’'Digital Communications: Microwave

Aplications’, Prentice-Hall, Inc.. 1981.

[8] K. Feher and Engineers of Hewlett Packard, *Tele-
communications Measurements, Analysis and Instrumen-
tation’, Prentice-Hall, Inc.,1987.

[9] J. S. Seo and K. Feher, "Signal Mapping Optimiza-
tion of 16-QAM for Nonlinear Mode Operation’, Proc. of
the IEEE-GlobeCOM., 1987.




VIABILITY OF PACKET RADIO FOR FUTURE MOBILE COMMUNICATIONS

Ganesh Bharatula

Telecom Australia, Research Laboratories
Clayton, Victoria
Australia

ABSTRACT

Future Public Land Mobile Communication systems will be
characterized by digital transmission of both voice and data
services, flexibility, portable outdoor and indoor applications
and very high user penetrations. These large capacity systems
would need large amont of spectrum, a precious resource.
Efficient access techniques are therefore required to best utilise
the available spectrum along with efficient network techniques
such as microcellular structures.

This paper discusses the viability of packet radio access
techniques for Public Land Mobile Systems. A comparative
analysis is developed which compares the efficiency of packet
radio techniques with the efficiency of TDMA. It is shown the
efficiency of packet radio depends on the proportion of data and
voice users and the access technique used.

INTRODUCTION

Over the last few years several trends in communications
such as increasing use of digital technology in both switching
and transmission systems, and increasing need for non-voice
services such as interactive data transfer,facsimile, file transfer
and electronic mail have emerged which will have tremendous
impact on the nature of future mobile communications. Most
significant however,is the ever increasing number of people
wanting portability and flexibility out of their communication
devices both indoors and outdoors. This implies future mobile
systems will heed to have a very large capacity and be capable
of supporting non-voice services along with traditional voice
telephony placing great demand on the radio spectrum, a scarce
commodity. Therefore, the transmission and network
techniques to be used in such systems have to be spectrally
" efficient. The use of cellular systems and digital transmission
techniques is a first step towards this end. Microcellular
techniques have been suggested wherein the radio frequency is
reused more frequently over a geographical area by employing
much smaller cells than in conventional cellular radio leading to
improved spectral efficiency.

Along with these techniques, the spectrum utilization can be
enhanced using efficient channel access methods of which
packet radio techniques appear to be most useful given the
integrated nature of services being proposed for the future
mobile communications. Apart from improved efficiency,
packet radio techniques offer flexibility, integrated transmission,
variable bit rate transmission and possible simplicity of
handover. In packet radio, the digitized information along with
essential overhead bits is sent over a common radio channel in
form of small packets by use of suitable access protocol. At the
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receive end, the packets are buffered and sequenced if
necessary, to reconstruct the information. Packet radio
techniques exploit the bursty nature of most information to
efficiently and dynamically multiplex large number of users on a
single wideband channel. This paper describes a study
undertaken to investigate the efficiency of Packet Radio when
used for Public Mobile Communication in the integrated
scenario, described earlier, leading to a Public Packet Radio
Network ( PPRN ).

PACKET RADIO OVERVIEW

In general,each packet is composed of a preamble, a header
field, information field, an error detection field and an end flag
(Fig.[1] ). All except the information field constitute the
overhead of a packet and should be kept small relative to the
information field for high framing efficiency. The preamble
containing a known sequence of bits is used to extract the timing
information and for AGC locking. Normally, the header field
contains the following information-

-the address of the source and the address of the
destination

-type of the packet. For example, whether its a voice
packet or a data packet.

-control information such as routing, length of the packet,
delay information or time stamp etc.

The information carried by header is extremely important
and it may be necessary to protect it in the radio environment by
methods such as forward error correction ( FEC ). Depending
on the type of packet the length of the header varies and is
between 30 to 300 bits long (1,2). The error detection field is a
cyclic redundancy checksum ( CRC ), usually 16 bits long and
is needed for Automatic Repeat Request ( ARQ ) for services
requiring high error performance. The end flag is about 8 bits
long.

The length of a voice packet is a crucial design parameter
and usually is a compromise between obtaining a high framing
efficiency (long packet ) and obtaining small packetization delay
and less susceptibility to fading ( small packet ) (3). A voice
packet length of ~ 400 bits with 16 kbit/s speech codecs and at
channel rate between 50-500 kbit/s appears satisfactory as most
packets will be transmitted in the interfade intervals (3). For data
packets packet lengths up to ~ 800 bits are also acceptable as
more delay can be tolerated. At higher bit rates, since fading is
frequency selective causing delay spread, packet systems would
require methods such as diversity, adaptive equalization and
coding to combat the effect of delay spread, just as in TDMA




PUBLIC PACKET RADIO NETWORK

A typical PPRN would consist of one or two ( two in case
of mobile to mobile call ) radio links and a number of fixed hi gh
speed cable links between base stations, mobile switching
centers and PSN nodes and could extend typically up to 3000
km ( Fig. [2] ). In this study, 6 cable links and 1 radio link
having a total 3000 Km length have been considered. The
channel speed for the radio path is 280 kbit/s while the fixed
cables support 2 Mbit/s. Connection to a satellite network is not
considered.

Network Architecture

Several possibilities exist for the radio link architecture in
PPRN. The network can operate in full duplex or in half duplex
mode with full duplex implemented either in frequency or in
time. In frequency division duplex ( FDD) the transmit and
receive frequencies are separated by a fixed amount while in
time division duplex ( TDD ) the transmit and receive functions
are at same frequency but are separated in time by fixed amount.
On the the other hand, half duplex mode is like TDD with no
fixed time relationship. Half duplex and TDD would allow use
of the full bandwidth and should provide higher channel rates
but radio multipath conditions give rise to excessive delay
spread limiting the channel rate and thus making these two
schemes less attractive than FDD. Also, since radio medium is
potentially a broadcast medium it is desirable to have a separate
frequency for broadcast to derive full benefits of the broadcast
property. Thus if a star topology is used the downlink traffic
has a dedicated channel. This broadcast channel can also be
used for base station signalling, uplink status flagging (as in
some access protocols ), supervisory network management etc.

A packet radio network can have star topology or fully
connected mesh or even a partial mesh. In the latter case the
packet radio terminals backup as repeaters for packets from their
connected neighbours thus enabling packet transmission from a
source to an unconnected destination. This type of network can
extend to a very large distances obviating the need for a cellular
structure. However, for voice like traffic such a network would
introduce intolerable delays and is not suitable for a PPRN.
Thus packet radio with a suitable cellular structure appears to be
the proper network architecture for PPRN. The handover
function in the cellular PPRN appears to be simpler than in
conventional cellular systems as each cell has one single
wideband channel instead of a group of channels. Also, the
mobiles can themselves implement handover upon losing
connectivity with a base station. This distributed handover
function can lead to simpler switching requirements at the
Mobile Switching Centre if a common logical channel
addressing is used in the entire system.

Radio Channel Access in PPRN

The performance of packet radio systems is very much
dependent on the multiple access protocol used. Detailed
description on multiple access is available in references (4,5).
Briefly, multiple access schemes can be broadly classified into
three classes. Namely,

- random access
- centrally scheduled
- Fixed assigned

In the random access class, the pure and slotted ALOHA
schemes, Carrier Sense Multiple Access ( CSMA ) and the Busy
Tone Multiple Access ( BTMA ) schemes are applicable to
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mobile packet radio although performance of CSMA can
degrade considerably due to the hidden terminal problem (4,5).
The centrally scheduled schemes applicable to packet radio are
reservation ALOHA, Token Passing Bus and Polling of which
last two are very similar for packet radio because in case of
token passing, the token has to be transferred back to a central
scheduler after the use as the next user may not be in radio
connectivity. The last class, namely the fixed assigned class
include the familiar FDMA, TDMA and CDMA. These fixed
assigned schemes are contention free but have poor channel
utilization if the incoming information is bursty. Moreover,
these schemes are very rigid and can not effectively cater for
changing number of users and require sufficient orthogonality
between the subchannels. Demand assigned schemes can
overcome some of these problems. Figure [3] shows the
throughput and delay curves for some of these protocols (4,5).

SERVICE REQUIREMENTS AND SERVICE
CHARACTERISTICS IN PPRN

Servi ui nts For Data And Voi

Data services require virtually an error free channel and
BER of the order of E-6 or better are essential for faithful
reproduction of data at the receive end. To achieve this, packet
systems use ARQ protocol and an acknowledgment scheme.
For mobile radio channel FEC with bit interleaving is also
usually recommended to combat bursty errors caused by
impulse noise, interference and fading irrespective of the access
protocol used.

Data services in most cases are not critically affected by
delays and moderate delays and delay variability may be
tolerable.

Voice on the other hand, is a real time service and has
stringent delay requirements. Subjective tests (1) have indicated
that if end to end delay over the entire network is less than 250
ms for 99 % of speech packets the user does not perceive any
degradation in quality. The variability in delay should also be
kept minimum so that an optimum playback time may be
selected at the receiver without causing loss of packets due to
excessive delay.

The packet loss in the voice systems should be small. In
reference (1) it is noted that 5 % packet loss is acceptable
without significantly affecting the quality. The packet loss in
packet radio systems is due to the following -

- Excessive delay
- Packet collisions if contention access schemes.used
- Errored packet due to fading or interference

The packet voice systems do not implement any error
detection scheme and ARQ because voice is a real time service
and the information due to retransmission will be too late to be
useful.
Servil istics

Most data services of transaction style are bursty in nature.
The average packet generation rate is very low for services such
as interactive computer communication, electronic messaging,
dispatch and facsimile, with packets arriving in short bursts
only. Even speech is bursty although the burstiness is not as
high as in data services. The burstiness in speech arises due to
the fact that speech is active only 33 % of the duration of a talk,
rest of it being pauses between speech and silence while
listening. Table [1} shows some of the services, their peak
generation rate, average generation rate and burstiness which is




defined as the ratio of the first two. It can be seen from the table
that for data services burstiness can typically be 100 whereas for
voice it is about 2.5 (6).

PERFORMANCE ANALYSIS OF PPRN

In this section the efficiency of Packet Radio Networks is
compared with the efficiency of TDMA systems as latter is the
current state of the art technology. The ultimate figure of merit is
the number of users the system can support per MHz. per
square kilometer and is related to the spectral efficiency. For
comparative purposes, it is however convenient to define the
network efficiency of the network-

n=n,* M*M, )

where, 1} is the network efficiency, nM is the multiplexing

efficiency, nF is the framing efficiency and nA is the access

efficiency. These quantities will be defined subsequently. It is
assumed that the-modulation efficiency and cellular reuse factor
are same for both packet and the TDMA systems.

The data packet arrival process can usually be modeled as
Poisson distributed. The same is not strictly true for voice
packet arrival because packets arrive periodically in a talkspurt
and the arrival times have strong correlation (7). However,
when there are a large number of active voice sources, the
superposition packet arrival process loses much of this
correlation and can be approximated by a Poisson distribution

(8). Assuming this, let Ap denote average arrival rate for

aggregate data sources and Ay that for aggregate active voice
sources.

Ap=Np+Ap, Av=Nyx &

=0
)
Where Ny is the number of active voice sources, Np the

number of active data sources, Ap; the average arrival rate from
a single data source, C the speech codec speed, b the number of
bits in the packet and o is the voice activity factor. Thus in the
integrated situation assuming independent arrivals the aggregate
arrival process will also be Poisson with average arrival rate =
XD + lv

The following three cases are considered :-

Case (a): There are equal number of active voice and

data sources

The integrated mix consists of 80 % active
voice sources and 20 % active data sources

The integrated mix consists of 20 % active
voice sources and 80 % active data sources.

A PPRN will perhaps initially be represented by case (b),
settling down to case (a) in future. Case (c) isa representative of
a wireless business office.

Multiplexing Efficiency

This quantity represents the number of simultaneous active
users possible. In packet radio, this depends on the burstiness
of the arrival of the bits and is equal to it, relative to the TDMA
system. From table [1] we can infer that typical value of
burstiness for data is between 10 and 100 and for voice about
2.5 with standard speech codecs. Following values for
multiplexing efficiency are obtained for typical values of data
burstiness.

Case (b):

Case (c¢):
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Data Burstiness 10 100
Multiplexing Efficiency
Case (a) 3.16 4.88
Case (b) 3.05 3.49
Case (c) 3.53 10.04

For TDMA systems multiplexing efficiency is equal to 1 as
the system is designed on the basis of peak arrival rate from
individual user.

Framing Efficiency

Framing Efficiency can be defined as the ratio of number of
information field bits to the total number of the bits in the packet
for packet radio and in the TDMA slot for TDMA systems. For
data packets framing efficiency can be increased by having a
long information field as packetization and transmit delays are
relatively unimportant. However, as discussed in ref.(3) radio
fading will restrict the packet length to ~ 800 bits. The packet
overheads would normally be about 80-100 bits if no routing
information is required as is the case in PPRN, giving a
framing efficiency of 80 to 90 % . Similar framing efficiencies
are obtainable in case of voice packets also if abbreviated
addresses using logical channel address, exclusion of CRC bits
( as error detection is not required ) and end flag are
implemented.

TDMA system also do not have 100 % framing efficiency
because of need to provide guard bands at the boundaries of
slots and preamble in each slot. However framing efficiency
upto 90% are obtainable. In this paper, this value will be taken
for TDMA and 80 % for packet radio systems.

Access Efficiency

Access efficiency is measured in terms of the throughput
available from the access protocol used. TDMA systems being
circuit switched and contention free have a throughput of 1 ata
fixed delay assuming that errors due to fading, noise and
interference are kept small by suitable system design. Under the
same assumptions, packet radio systems have variable delay
which increases with increasing throughput. In an integrated
packet network, the delay criterion for voice packets along with
the voice packet loss due to collisions ( if any ) will decide the
maximum throughput available. As mentioned earlier 99 % of
voice packets should have total delay lest than 250 ms. With
reference to the reference configuration of figure [2]

Total delay D =
packetization delay Dp + transmit delay Dy
+ switching delay D + access delay D
+ depacketization and buffering delay Dp
+ propagation delay across the network Dy

Of these, all except access delay can be taken as constant.
The packetization delay with 16 kbit/s speech codecs and 480
bits packet length is 30 ms and the transmit delay, Dris 1.71 ms
@ 0.28 Mbit/s channel rate. Switching architectures are
available which introduce 1 mS or less delay and with 6 nodes
in the reference configuration 6 ms would be required for




switching. If we assume that packet processing and buffering is
done only at the destination then about 10 ms should be
budgeted for Dg (9). The end to end propagation delay over a
length of 3000 kms. of cable is ~ 20 ms. This then leaves 99%
of the access delay to be less than 182 ms. i.e.,

Dgg = 68 ms + D4 (99% ) <250 ms

Each fixed link of the PPRN can be modelled as a M/M/1
queue. The delay distribution over 6 such fixed links connected
in tandem can be described by a 6 stage Erlang distribution
having density f;. (d)

%6 d5 C-Xcd
A B

fe@)
where A is the Erlang parameter and 6/A its expected
value.

Denoting the delay density over the radio path by fr(d) and
assuming independence of the two probability densities the
overall delay density is given by, '

f(d) = fr(d) * fc(d)

The average delay in a n-stage tandem fixed link is a
function of system loading and is given by (9)

b*n

Dc = — =82
CTRR-a-p]

Where b is the packet length, p the channel utilization and
R its speed. At loading of p =0.7, D¢ is = 7.4 ms. Higher
loading than this can not be accepted as overall 99 % delay may

become more than the design value. Now the 99% delay
distribution of overall delay is given by

f (y).dy =0.99

DaA(99%)
J - (2)

0

Analytic expressions for delay distribution and density for
most of the radio link access protocols considered are not
obtainable. However, in some cases approximate expressions
for average delay and delay variance are available. For instance,
in case of CSMA type of protocols the average delay and delay
variance can be written as (10)

_(r+1)
an——zp

coefficient of variation =[ (( : ” 11 )) + q]

where, g= 1-p, r = rescheduling delay range, p = S/G, S =
throughput and G = offered channel traffic.

These results are based on CSMA models which include
packet retransmissions due to either channel being busy or as a
result of packet collisions. As mentioned earlier, the packet
voice tranmission protocol does not have any retransmission if
packets collide. Thus the estimation of overall delay obtained
from the following delay analysis which uses above moments
will be worse than the value in actual practice.

me:
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Using the moments described above for different values of
the throughput, a suitable distribution can be fitted for the
overall delay. In this analysis, the Weibull distribution given by

F(X>x)= exp (- [(ax)**b])

is used. Here a and b are the two parameters found from
the moment matching method.

Table [2] shows the average delay, delay variance and the
parameters a and b of the Weibull distribution for BTMA
protocol for 1 km cell radius and at a bit rate of 280 kbit/s.
Using this distribution, equation (2) can be solved for 99 %
delay for various values of the throughput. The last column in
the table [2] lists these for BTMA. As can be seen throughput
upto 0.5 are achievable keeping the 99% delay below 182 ms. If
the cell radiys is increased to 3 Km, bit rates upto 1 Mbit/s
would be required to obtain same value of the throughput for
same delay objective as can be seen from table [2a]. This is
because the delay for these packet protocols is sensitive to
increase in the propagation delay increase requiring a reduction
in the transmit time. However, for achieving high throughput
from these protocols, the ratio of propagation delay to transmit
time should not be more than 0.05.

In case of contention protocols another limit is set by the
packet loss due to collisions. It is possible to work out average
collision rate for BTMA and CSMA using expressions for
throughput and offered traffic. These are

1-Exp(- vin[0,T])+ 100 (BTMA)
[(H-S)/H}+ 100 (CSMA)
where,

v=G/D-
m[ . ] 1s a function of inhomogeneous arrival rate
H = Actual rate of transmission per transmit time

Table [3] gives the average packet loss for CSMA and
BTMA. It is should be noted that this collision rate is for the
aggregate users. It is clearly seen that to meet the loss objective
of < 5% the throughput of BTMA is limited to 0.5 . The
stability considerations also prohibit higher throughputs than
this value. Capture effects existing in packet systems due to
differing arrival times or differing signal strengths of the
colliding packets would however, improve throughput further.
Although collisions are not a problem in token bus and
reservation ALOHA protocols delays criterion limits the
throughput in these cases also to about 0.5.

The network efficiency can now be calculated using the
values of nM, nF and nA in equation (1). The network

efficiency of TDMA scheme is about 0.9. Thus the efficiency
advantage of packet radio over TDMA can be evaluated as

Efficiency advantage,
EA. = Network efficiency of packet radio
- = T Network efficiency o’f TDMA
RESULTS

The relative figure of merit, the efficiency advantage, was
calculated for the three cases mentioned above. The results are
plotted in figures [4], [5] and [6]. A range of throughput values
and multiplexing efficiencies have been used to show the
regions for which packet radio will be more efficient than




TDMA. For values of efficiency advantage less than 1, TDMA

is more efficient than packet radio. This situation can occur if
voice burstiness is less than 2 and proportion of data users is
small, as shown in figure [5]. But if voice burstiness is 2 or
better, packet radio shows considerable increase in efficiency as
the proportion of data users increases and should be preferred.
In this situation, even in case (b) packet radio shows an
increased efficiency albeit small. The efficiency advantage in
packet radio essentially stems from its ability to dynamically use
the silence periods in a voice call and the burstiness in the data
packet arrival for other users. However, the limitation on
efficiency advantage comes about due to the limits on access
efficiency imposed by packet delay, packet loss and protocol
stability requirements. While stability of the protocol can be
improved by flow control means, better access protocols are
required giving low delay and negligible packet loss due to
collisions. Figure [6] shows the region where packet systems
would be required to operate for a given E.A. Packet radio

would perform better than TDMA in the shaded region:

In this paper, application of packet radio to public land
mobile radio and indoor wireless communications were
discussed. Spectral efficiency has been used as the figure of
merit for comparison of packet radio techniques and more
conventional digital transmission techniques. This study has
shown the limit on achievable access efficiency in packet radio

CONCLUSIONS

to be 0.5. TDMA, on the other hand, is limited in multiplexing «

efficiency. Given the limitation on the access efficiency, the
relative performance of packet radio depends on the burstiness
of the information. In the integrated voice and data environment
packet radio would be viable and would perform better than
TDMA if the proportion of data users is high and / or the
burstiness of voice is 2 or better. For this value, packet radio
performs better when the proportion of data users is about 40-
50% for low data burstiness and about 20%
burstiness. If the voice burstiness is less than
advantageous to use TDMA. The results in figure [6] show the
regions where packet techniques are superior to conventional

TDMA techniques and vice versa.
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ABLE ] : SERVI] RACTERISTI TAB ACCESS DELAY FOR PPRN WITH BTMA
PR L
Service Peak Arr. Average Atr.  Burstiness
Tate rate
(kbit/s) (kbit/s) Through  Mean  Coeff. a=«10+3 b 99 %
-put delay _of. delay
Interactive 1 .001 100 mS  variation mS
terminal to
computer it
Computer to 10 01 1000 0.1 3.95 1.6 12.19 0.224 740
terminal 0.2 452 145 1065 0224 852
Remote job 10 1 100 0.3 539 129 893 0224 1015
entry 0.4 593  1.23 8.12 0224 1117
Computer to 1000 10 100 0.5 722 116 6.67 0224 1360
computer 0.6 1109 101 434 0224 208.0
Digitized  64,32,16 25.6,12.8,6.4 2.5 At 1 Mbit/s
s"m.h 0.1 524 1278 1177 0217 950
Image video  64-2000 6.4-200 10 0.2 6.03 1.171 1023 0217 109.9
Video 140,000 28,000 5 0.3 726 1085 850 0217 13232

04 8.02 1.047  7.69 0.217 146.17
0.5 9.825 0994 6.28 0.217 179.07
0.6 12.24 0821 5.03 0.217 223.09

Table 3 : AVERAGE PA T 10OSS DUE T LLIST

BTMA
Throughput CS‘I;:I.A %
0.1 0.29 0.30
0.2 0.56 0.86
0.3 093 1.59
0.4 1.38 236
0.5 221 3.66
0.6 3.15 6.92
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SPECTRUM EFFICIENCY AND DIGITAL CELLULAR
by

W. C. Y. LEE
PACTEL CELLULAR, INC.

Irvine, CA 92714

A spectrum efficiency formula for cellular
systems has been derived and used to compare
digital and analog systems. Since the digital
system is always less susceptible to inter-
ference, the tolerable interference level can
be higher, in other words, the co-channel reuse
distance can be less. This less reuse distance
proves that digital cellular is a spectrum
efficient system.

In order to take advantage of digital nature
and implement digital systems in cellular stru-
ctures, several schemes can be introduced to
further increase the spectrum efficiency. A
theoretical analysis is carried out to

indicate the advantages of developing digital
cellular systems.

I. INTRODUCTION
Today, cellular systems have recognized
that with this continued growth, present
cellular technology will not allow systems
to accommodate subscriber demand in the
near future. To ensure that cellular can
grow to meet future demand, a more spectrum-
efficient technology digital cellular has
been studied.

In this paper, the question has to be
answered, why digital cellular is more
spectral efficient? We have evaluated many
analog systems such as 30 kHz-FM,

15 kHz-FM(3) and 7.5 KkHz single-sideband, (2)
and found that they are all more or less the
same in spectrum efficiency. Then, the

need of increasing spectrum efficiency leads
us to search for other kinds of technologies.

The digital cellular becomes a new candidate.
In this paper, we would like to understand
the spectrum efficiency measured in cellular
systems and the improvement of spectrum
efficiency from a digital cellular system.

II. THE MEASUREMENT OF SPECTRUM EFFICIENCY IN
CELLULAR SYSTEMS

Since the cellular system is a high capacity
system which utilizes the frequency reuse
concept, then

spectrum efficiencys channel efficiency (1)

where spectrum efficiency is measuring the
maximum number of customers being served in a
unit geographical area using a given allocated
spectrum bandwidth while channel efficiency is
counting the maximum number of channels
provided in a given allocated spectrum
bandwidth.

Here we may derive the spectrum efficiency
formula for digital cellular systems based on
a maximum co-channel interference in cellular
systems. The most interference of a cell is
from the first tier of 6 co-channel cells(4)
as shown in Fig. 1. There are two situations;
one is the interference received at the mobile
unit in the home cell; and the other is the
interference received at the cell site of the
home cell. Since the required carrier-to-
noise ratio has'to be a fixed value depending
on the subjective acceptance™, we denote it,
(C/I)g. Both cases would end up like the
following equation(

(C/T)g = q4/6 (2)
where q is the ratio of co channel-cell
separation to cell radius.

q = D/R
Also the following relation is always held due
to the geographical configuration

q4=3K (3)

where K is the cell reuse number.
Then substituting EQ.(3) into EQ.(2) yields:

(©/Dg =2 K )
In cellular systems, the spectrum efficiency
is measured by the number of channels per cell,

m.

*The required (C/I).2 18 dB is for a 30 kHz
FM channel, and (C?I) is around 10 dB for a
30 kHz digital channel.

CH2622-9/88/0000-0643 $1.00 © 1988 IEEE
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where By is the total aliocated bandwidth and B,

is the channel bandwidth. m is called the radio

capacity. EQ.(5) is used to evaluate in both
analog cellular systems and digital cellular
systems. Comparison of different values of m is

shown in Fig. 2.

III. CONCEPT OF SPECTRUM EFFICIENCY IN CELLULAR
The radio capacity m is used to measure the
spectrum efficiency. The m shown in EQ.(5)
is a function of B, and (C/I)g. Increasing
m, leads to reducing either Be or (C/I)g or
both. However, the voice quality based on
the subjective test has to be kept in a
certain level, i.e. the level (C/I)g is
fixed at a given channel bandwidth B.. IF
lowering (C/I)g, B, must be increased. The
relationship between (C/I)g and B, can be
deduced from EQ (5) as 8

C/Ih ‘ ¢

(¢/1)¢ )
The parameters with prime indicate a
different set. EQ.(6) indicates that in
order to maintain a same voice quality,
reduce the channel bandwidth by half,
increase (C/I)g by 4 times.

(C/1)'g = 4 (C/T)g

Furthermore, the radio capacity m in
cellular systems has a similar nature as
channel capacity derived by C. E. Shannon (5)

c=Bc logz (1 +£) ®

where C is the channel capacity Comparing
EQ.(5) and EQ.(8), we find both radio
capacity m and channel capacity € are the
functions of B. and C/I. From EQ.(8), we
may derive the following relationship

log, (C/1) B

Tog, (C/T) ~
In EQ.(9) if the B, reduces by half, C/I
increases by squaring itself.

(sz) = ( C/I) (10)

Comparing EQ.(6) and (9), a closed analogy
can be seen between radio capacity in
cellular and channel capacity in Gausian
noise.

(6)

(7

€)

IV. CONCEPT OF SPECTRUM EFFICIENCY IN DIGITAL

CELLULAR

In a digital cellular system, the following
relationship holds

Eg* Rg

Ey - Ry = =C (11)

where Ej is the energy per bit at a baseband
information rate Ry. Eg is the energy per
bit at a transmission rate Rg. C is the
carrier power.
A. Coding and subjective test
In EQ.(11), we may emphasize that Ry is
related to speech coding and Rg is
related to channel coding, as

Ep- Rp = Eg- Rg (12)
(speech codIng

= C g
“channel coding'(subjective test)
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VI.

In EQ.(12), we may see that even though the
receilved carriers power C are the same, the
evaluation of voice quality can be different
based on different techniques of speech

coding and channel codings. EQ.(12) also has
to be tested in different kinds of environment
with different vehicle speeds.

Relationship between E; and B.
Substituting EQ.(11) into EQ (6) yields

Es'fa &R %_ (13)
The interference level 1 f; the same due to
the environment regardless of different
modulation schemes,

I=71' (14)

The linear relationship between Rg and B is as
follows:

s = kBc, (15)

where k is8 a constant which can be determined
when a modulation scheme is known.
Substituting EQ.(14) and EQ.(15) into EQ.(13)

yields , 3 3
E'/E, = B /8

For designing a digital cellular system, the
relationship in EQ.(16) is important. It
means that if B, is reduced by half, the
energy per bit will increase eight times.

Ll
R'g = kB,

(16)

DEFINITION OF CELLULAR CAPACITY

We may have to clearly define the term
cellular "capacity" in cellular operation.
There are two definitions of capacity. One
is call radio capacity which is shown in
EQ.(5) as m, m is the number of channels
(radios) per cell. The radio capacity is the
radio engineers used to evaluate the digital
cellular system on the radio side. However,
the marketing or system engineering people
are using traffic capacity, i.e. how many
users can be served in a system. Traffic
capacity are calculated based not only on
radio capacity but also trunking efficiency
and different spectrum efficiency schemes.
Therefore, traffic capacity is always larger
than radio capacity. If new radio capacity is
increased by four, for example, the new
traffic capacity can be increased by six or
seven with comfortable design effort.

SPECTRUM EFFICIENCY SCHEMES IN DIGITAL
CELLULAR

Some schemes for spectral efficiency has been
suggested in Reference 6 such as (1) multiple
channel bandwidth systems, (2) one-third
channel offset scheme. These schemes can be
very useful in digita} cellular systems.
Besides, the following schemes are also
needed to be addressed:
(1) Variable channel bandwidths
An operational digital channel can be
assigned with different bandwidths based
on different circumstances.




The operational channel is formed from a 4.
physical channel (or basic channel). If the
physical channel bandwidth is say 10 kkz,

the operational channel can be 5 kHz or a

multiple of 10 kHz. 5.

A. Vary channel bandwidth with distance —
When the mobile unit is close to the cell
site, the channel bandwidth can be
reduced; far from the cell site, the
channel bandwidth can be increased.

B. Vary channel bandwidth with data speed —

If using operational channels for
transmitting data; the higher the data
rate, the wider the operatioral channel
bandwidth.

(2) Compandor

In digital cellular systews, the
syllabic compandor may be still a good
device to improve voice quality
especially when the speaker's voice is
loud. The compandor is placed before
the voice being digitalized.

Vehicle location

In the future cellular systems, the
vehicle location device can be very
helpful for the operator to assign a
new channel based on where the vehicle
is. Thus the interference can be
reduced, and the spectral efficiency
increases.

(3)

VII. CONCLUSION

The concept of spectrum efficiency in
digital cellular is described in this

paper. The radio capacity is a function of
carrier-to-interference ratio and bandwidth.
It is very useful to measure the spectral
efficiency. The radio capacity and
Shannon's channel capacity have similarity
in nature. In digital cellular systems,
some issues related to the increase of
spectrum efficiency are mentioned. The
radio capacity is different from the traffic
capacity in a cellular system. If the
radio capacity is increased by four, the
traffic capacity should be increased by
more than four, say six or seven. However,
the radio capacity has a unique formula but
the traffic capacity has not.
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