Time Division Multiple Access Methods
for Wireless Personal Communications

TDMA is a classic approach to multiple access in digital cellular wireless
communications systems and is the multiple access technique of choice for
several digital cellular and PCS systems.
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igital cellular and microcellular radio
systems must incorporate multiple
accessschemes that make efficient use
of the allocated bandwidth and
radio cell infrastructure with mini-
o mumcost and maximum performance
[1]. Time Division Multiple Access (TDMA) is
the multiple access technique of choice for sever-
al digital cellular and PCS systems. For example,
it is currently used in the European, North Amer-
ican and Japanesc second generation digital cel-
lular systems (GSM, IS-54, and PDC, respectively)
[2, 3], and in several wireless personal communi-
cations systems: the European digital cordless
system (DECT [2]), the Japanese personal wire-
lesssystem (PHS [4]), and the wireless access system
proposed by Bellcore (WACS [5] or PACS).

TDMA as a Multiple Access
Technique

In a cellular radio system, a number of users in a
cell communicate with that cell’s base station, which
inturn communicates with the rest of the world, gen-
erally through copper or fiber lines. Usually, the par-
ticular cell a user terminal belongs to is determined
by which base station provides the highest signal
power or signal to interference ratio. Ina TDMA
cellular radio system, several users time-share acom-
mon carrier frequency to communicate with the base
station. Each user, transmitting low bit-rate digitized
speech orother digital data, is allocated one or more
timeslots within a frame in the downstream (base
to users) and upstream (users to base) directions,
as illustrated in Fig. 1. In the downstream direc-
tion, the base station broadcasts to the active
users in a Time Division Multiplex (TDM) for-
mat. In the upstream direction, each active user
terminal transmits to the base station only in its
own assigned timeslot or slots. Inter-user inter-
ference is prevented by strict adherence to times-
lotschedules, and by guard times and time-alignment
procedures between upstream timeslots, in order
to prevent overlaps due to different propagation
times.

Note that each individual terminal’s receiver and
transmitter operates with a duty cycle of 1/N if
there are N user terminals with equal bit rates
sharing a common bit stream. Upstream and
downstream traffic is separated either by using
different carrier frequencies i.e., Frequency Divi-
sion Duplex (FDD), or by alternating in time, i.e.,
Time Division Duplex (TDD). FDD requires less
transmission bandwidth per radio and also less
precise synchronization of upstream and down-
stream transmissions to minimize interference.
On the other hand, TDD requires simpler radio
duplex equipment and facilitates flexible bandwidth
allocation between upstream and downstream
traffic. The GSM, IS-34, PDC, and PACS systems
all use FDD, while DECT and PHS use TDD.

TDMA is usually combined with Frequency
Division Multiple Access (FDMA), as different
carrier frequencies are used in different cells.
Frequencies are only reused in cells sufficiently
distant in order to minimize interference. Fur-
thermore, there may be several carrier frequencies
used in a cell, each with its own TDMA bit stream
and set of user terminals.

Each timeslot in a frame generally contains
user data bits (which may include parity bits for error
control), as well as extra bits for synchronization,
adaptation, control, guard time, etc. The smaller the
fraction of the frame devoted to these “over-
hcad” bits, the more efficient is the TDMA frame
design. Forexample, the GSM, PHS and DECT sys-
tems have roughly 30 percent of their total bit
rates used for overhead, while the 1S-54 and PDC
systems have about 20 percent overhead. The
major portion of the overhead in the GSM and
IS-54 systems is used for adaptive equalizer train-
ing sequences, while in DECT, most of the overhead
is used for system control. For a given amount of
overhead, higher efficiencies could in principle be
achieved by increasing the timeslot duration.
However this can have the adverse effects of increas-
ing the total transmission delay for time-sensitive
traffic such as speech, and/or of hampering the
system’s ability to adapt to rapid changes in the prop-
agation environment. Reference [2] provides acom-
prehensive description of the frame structures of

50

0163-6804/95/$04.00 1995 © IEEE

TEEE Communications Magazine ® January 1995



Synch, - | Control,
training’ | signaling

several TDMA systems. Table 1 presents a com-
parison of a number of features of contemporary
TDMA systems. Figure 1 illustrates possible
frame and timeslot structures for generic FDD
and TDD systems.

Comparison with Other
Multiple Access Techniques

TDMA has several advantages relative to alter-
native multiple access techniques, such as
FDMA and Code Division Multiple Access
(CDMA). One advantage is that common radio and
modem equipment, ata given carricr frequency, can
be shared among N users at a base station. Another
advantage with respect to FDMA is that bit rates
to and from each individual user terminal can be
casily varied according to current user needs, by
allocating more or fewer timeslots to the user.
This is especially advantageous for integrated
service applications. With respect to CDMA,
TDMA has the advantage of much less stringent
power control requirements, since interuser inter-
ference is controlled by timeslot and frequency
allocation instead of by processing gain resulting
from coded bandwidth spreading. Another impor-
tant advantage relative to FDMA and CDMA is that
the timeslot structure gives time for measure-
ments of alternative slots, frequencies, and ports
in order to support mobile assisted or mobile
controlled handoff.

TDMA also has some disadvantages with
respect to FDMA and CDMA. Because user ter-
minals have a 1/N duty cycle, they have a periodically
pulsating power envelope. This presents a challenge
to designers of portable RF units. Frequency and
timeslot assignment and management entail a
certain extra complexity in TDMA systems, which
is not found in CDMA systems. Also, the N times
higher bit rate means that TDMA may require
equalization against multipath, which is generally
avoided with FDMA.

TDMA can also be advantageously combined
with packet-type multiple access schemes in inte-
grated voice/data applications, involving perhaps

B Figure 1. lilustration of TDMA frames and timeslots.

several different types of traffic with different bit
rates and on/off characteristics. One example is Pack-
et Reservation Multiple Access (PRMA) [2], a
dynamic slot allocation procedure in which idle
timeslots are requested by users on a contention
basis. If a user is successful in reserving one or
more slots in a frame, that slot or slots is reserved
for that uscr as long as required. When a slot is
relinquished by a user (at the end of a speech
burst or data packet), it is open for contention
and reservation by other users. Asynchronous trans-
fer mode (ATM) can also be incorporated in a
TDMA-based wireless system [6]. TDMA is a
well-understood access technology, which has
been successfully used inanumber of wired and wire-
less digital transmission systems. This has no
doubt contributed to its adoption in second-gen-
eration digital cellular and PCS systems.
Objective comparisons of spectrum efficiency or
capacity of FDMA, TDMA and CDMA systems
are difficult to make since it is almost impossible
to have similar assumptions for different systems.
Furthermore, most comparisons are made between
different systems, at different evolutionary stages,
and not between the access methods themselves.
If one were to compare two optimized systems,
with different access methods, their capacities would
likely be similar. Capacity in a cellular based per-
sonal wireless communication systems can be
expressed as cell capacity or system capacity. Cell
capacity, or radio capacity, depends on the radio link
performance, i.e., athowlow carrier-to-interference
ratio (C/I) the system can operate, at acceptable
quality. This in turn depends on the system
requirements for speech quality (for a given digi-
tal speech compression technique) or data relia-
bility. Cell capacity is measured in Erlang/MHz/Cell,
and is traditionally used when analyzing the capac-
ity of a system. Both the modulation efficiency
(bits per second per Hz) and the frequency reuse
factor must be taken into account. System capacity,
on the other hand, depends on the feasibility of
supporting small cells (micro cells and pico cells)
and the cell capacity. System capacity is measured in
Erlang/MHz/km?, which means quite naturally that
the capacity increases with decreased cell size.

TDMAis a
well-under-
stood access
technology,
which

has been
successfully
used ina
number of
wired and
wireless
digital
transmission

systems.
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W Figure 2. lllustration of hierarchical cell structures, which shows a system with

three layers of cells: one macrocell to give coverage, one street microcell to

increase capacity, and a number of indoor picocells. All these cells give different

types of coverage to the same geographical area.

T ACA is also frequently
called Dynamic Channel
Assignment (DCA).

Capacities for various types of cellular systems
can also be compared roughly and simply, on the
basis of the number of user terminals they can sup-
portinafixed bandwidth, given the C/I requirements
of each system. As an example, consider a com-
parison of the GSM digital cellular system with
the North American AMPS analog cellular sys-
tem. The latter accommodates one userin a 30-KHz
bandwidth, requires about 18 dB C/I for satisfactory
quality, and generally requires a cellular frequen-
cy reuse factor of 7, with 3-sector antennas. The GSM
system, aided by slow frequency hopping and
coding, requires about 9 dB C/I, a frequency
reuse factor of 3, with 3-sector antennas, and in
its initial version, accommodates eight users ina
200-KHzbandwidth. Thus the GSM capacity is about
(30 x 7) divided by (3 x 200/8) = 2.8 times that of
AMPS. Similar calculations {7] suggest that the
IS-54 digital cellular system can exceed the AMPS
capacity by a factor of about 3.5 to 6.3, and that
the PDC digital cellular system can exceed the
AMPS capacity by a factor of about 4.2 to 7.6.
Each of these systems’ factors can (and will) be
approximately doubled by the use of half-rate speech
coders. These upper and lower bounds on improve-
ment factor correspond to pessimistic and optimistic
frequency reuse factors of 7 and 4, respectively.

Capacity Enhancement and
Evolutionary Scenarios

Both large cells (macro cells or umbrellacells) and
small cells are needed simultaneously. The large
cells are used to get coverage, and sometimes
also to support hand-offs between small cells.
The small cells are used to achieve high capacity,
to get coverage in certain places, e.g., tunnels and
garages, and also to provide access to users with
low power portables. This whole scenario can be

described as hierarchical cell structures (HCS); as
shown in Fig. 2. The definition of HCS is that dif-
ferent cell types exists simultaneously in different
cell layers, covering a common geographical area.
To get very high system capacity the requirement
is that HCS must be supported [8].

Before discussing the consequences of HCS
for TDMA systems, we look into the possibilities
of increasing the cell capacity via either or both
of Adaptive Channel Allocation (ACA)! and Fre-
quency Hopping (FH). The idea of ACA is to avoid
interference by allocating channels based on the
instantaneous signal-to-interference situation. This
means that there is no fixed reuse distance. Some-
times the co-channel user isvery close; e.g., when the
mobile/portable is close to the base station.
Sometimes the operating conditions for one user
are very difficult; then the co-channel users are forced
to be distant. Also when the traffic conditions are
varying, channels can be “moved” to the peak-
traffic cells. The capacity increase with ACA can
be as much as 100 percent, compared to the same
system using a fixed channel allocation. In [9],
ACA is shown to be able to increase the capacity
of IS-54 on the order of 30 percent. ACA is also
part of the DECT standard [10].

Another way to increase the cell capacity is to
use random FH, which can either be fast, (hop-
ping rate on the order of the bit rate), or slow,
(hopping between bursts of data). Slow FH (SFH)
is part of the GSM standard. In a SFH system, the
users inside a cell have the same hopping sequence,
but offset from one another such that they do not
interfere; i.e., the users within any cell are orthog-
onal. The hopping sequences in different cells are
random, which means that the interference from
other cell users is averaged. The averaging.is made
possible through interleaving and powerful channel
coding. In GSM for example, the interleavingis done
over 8 bursts, and a convolutional code of rate R
= 1/2, and constraint length K = 5, is used [11].
The combination of interleaving and channel
coding give the effect that a number of bursts can
be completely wiped out, and the information can
still be recovered. In GSM, approximately two
out of eight bursts can be wiped out without loss
of information. See [12-14] for further informa-
tion on capacity in FH-TDMA systems.

Note that a FH-TDMA system really can be
considered as a CDMA system, with the code as
the hopping sequence. The increase in capacity
comes from the fact that the interference is aver-
aged, which means that one can design the sys-
tem closer to the average interference situation,
compared to non-hopping systems. The frequency
reuse factor can be reduced to one, by reducing
the cell load (fractional loading). This is very sim-
itar to direct sequence (DS) CDMA systems, with
the extrabenefit that the usersinside a cell are orthog-
onal to one another.

Another benefit of FH is increased robustness
(diversity) against fast fading, due to multipath
propagation, especially for slowly moving users.
The principle is that the total hopping bandwidth
is sufficiently large that the different hopping
frequencies are not too highly correlated. Improved
performance results because only a few of the
frequencies will be subject to deep fading at the
same time instant.

Asdiscussed earlier, to really increase the system
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capacity, a hierarchical cell structure (HCS) is
required and not only for capacity, but also for
coverage and operational flexibility. To support HCS,
reliable hand-off between celllayersisrequired. Fur-
thermore, hand-off should not be forced between
cell layers, i.e.. it should be up to the operator to
choose the hand-off strategy (8]. In HCS systems
the different layers need to use different RF-car-
riers, so the different cell types are orthogonal to
cach other. This is due to near-far effects. e.g.,
mixing low power micro cells and high power
macro cells. and the requirement that hand-off
should not be forced between layers. Mobile
assisted hand-off (MAHO) is therefore required
between different RF-carriers. This is the normal
operating mode for TDMA systems, as shown in
Fig. 3, where measurements on other RF-carriers
are made at the mobile station during the free
time after the receive and transmit bursts. As
indicated in Fig. 3. the mobile measures one
. other frequency in each frame, cycling through all
possible alternative frequencies during the succes-
sion of frames. The MAHO process is part of all
TDMA standards.

The evolution of TDMA systems not only
means increased capacity. Probably even more impor-
tantisthe aspect of increased flexibility in frequency
planning. The use of ACA means that the system
is self-planning. continually adapting to changing
conditions.

Modulation and Detection
Approaches

Considerati(m of the frequency reuse factor
and C/1 (carrier to interference ratio) required
by multilevel modulation schemes lead to the
conclusion that four-level modulation schemes
such as QPSK or its variants are appropriate
choices in many cellular environments [1]. Beyond
four levels in these environments, the effect of
decreased required bandwidth is more than offset
by the larger frequency reuse factor needed for
sufficient C/I. However the reasoning in {1] leads
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transmission. reception, and measurement frequencies (on base station n),

respectively, in the mobile station.

to the conclusion that modulation schemes with
more levels may be more appropriate if cells are
physically isolated by walls, or if the attenuation-
versus-distance exponent is high (six or more). Multi-
level modulation is also useful in proposed systems
whose instantaneous bit rate can vary to accom-
modate fading. An example is differentially
encoded amplitude phase shift keyed modulation
(DAPSK or star QAM) [15], which can be detected
coherently or differentially.

Table 1 summarizes several representative
current TDMA second generation cellular systems,
including their modulation parameters. Most use
two- or four-level modulation schemes. As examples
of four-state modulation applications. the North
American [16] and Japanese digital cellular sys-
tems {3] use n/4-shifted differential QPSK
(DQPSK), with either coherent or differential
detection. The GSM and DECT systems use
Gaussian Minimum Shift Keving (GMSK), which
can be considered a form of binary frequency

4 PD
Bit rate 2708 Kbis 48.6 Kbis 42 Kbss. 1.152 Mb/s| 384 Kbjs
Bandwidth (carrier spacing) 200 KHz 30 KHz 25 KHz 1.728 MHz | 300 KHz
Time slot duration 0.577 ms 6.7 ms 6.7 ms 0.417 ms | 0.625ms
Upstream slots per frame 8 (16 with half-rate coder) |3 (6 with half-rate coder} [3 (6 with half-rate coder) {12 4
Speech coding 13 Kbys RPE-LTP 7.95 Kby/s VSELP 6.7 Kb/s VSELP 32 Kb/s 32 Kb/s
ADPCM ADPCM
FDD or TDD FDD FDD FDD TDD DD
Percent payload in time siot 73% 80% 80 % 67 % M1%
(not including coding parity bits)
Modulation GMSK /4 DQPSK n/4 DQPSK GMSK n/4 DQPSK
Coding 3 classes: Coded {r = 1/2, |3 dlasses: Coded {r=1/2, |2 dlasses: Coded (r=9/17, |CRC only | CRC only
K=5 convol); or coded - |K=5convol.); or.coded |K=5 canvol.) + CRCor
+CRC; oruncoded: +CRC; or uncoded uncoded
Adaptive equalizer Mandatory Mandatory Optional None None

A Table 1. Characteristics of contemporary TDMA systems.
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modulation, or also as a version ot offset QPSK
(its modulation bandwidth efficiency is closer to
that of QPSK than to that of BPSK). The PACS sys-
temproposed by Bellcore [3, 17] uses coherent QPSK.

The choice of coherent or noncoherent modu-
lation depends on the relative time variability of
the radio channel and on cost and processing
power considerations. Conditions of higher time
variability tend to favor the use of differential or
other noncoherent detection. Lower time vari-
ability and more stringent performance or spectral
efficiency requirements tend to favor coherent
detection approaches. Furthermore, reference-
directed equalizer adaptation algorithms in effect
supply the carrier phase estimate. In this case it
requires very little extra hardware complexity to
include coberent demodulation.

Differcntial detection of differentially encod-
ed phase modulated signals is a form of nonco-
herent detection which has the advantages of fast
synchronization, high robustness to multipath
fading, and reduced hardware complexity. Con-
ventional differential detection for M-ary DPSK
detects the phase difference between the two suc-
cessively received signal samples and then decides
which symbol was transmitted. Since the phase
reference iscorrupted by noise and interference, the
bit error rate (BER) performance is inferior to
that with ideal coherent detection.

Decision feedback differential detection is a
simple and practical method of improving the
performance of differential detection to approach
that of coherent detection[18]. Feeding back the
past L detected symbols, it reverse-modulates the
stored, past received signal samples and gener-
ates a reliable reference signal. If the past deci-
sions are all correct, the reverse-modulated signal
components are all in phase and can be coherently
added. This modulation and addition process
increases the reference signal SNR by 10 log L dB.
The fast synchronization property of differential
detection isstill maintained. Differential detection
is susceptible to frequency offset between the
transmitter and receiver, but the frequency offset
can be estimated by correlating the detector out-
put waveform with the feedback detected symbol
sequence. Then the detector output isinversely phase-
rotated before the decision circuit so as to cancel the
effect of the frequency offset.

Delay Spread Mitigation
Requirements

Delay spread or time dispersion is a physical
phenomenon due to multipath propagation. The
transmitted signal will travel through a multipath
environment, and will arrive dispersed in the receiver.
The rms delay spread is a measure of the standard

deviation of the channelimpulse response duration.
[t tends to increase with the propagation path length
and antenna heights. Thus it is typically higher
for large-cell systems than tor indoor microcellular
systems. How much intersymbol interference (ISI)
a given amount of delay spread causes depends on
the symbol time. If the rms delay spread exceeds
about 10 percent ta 20 percent of the symbol
time, delay spread mitigation is necessary [19],
typically either diversity or equalization, or both.
TDMA radio systems with larger relative delay
spreads. where the transmission bandwidth signif-
icantly exceeds the channel’s coherence bandwidth,
can achieve a form of frequency diversity by using
adaptive equalization. The same kind of benefit is
realized by large-bandwidth CDMA systems
which use RAKE receivers. The resulting relative
diversity gainwould be expected tobe higher for COMA
systems when the channel delay spread is smallcom-
pared to the data symbol interval, but might be rough-
ly equal for TDMA and CDMA systems whose signal
bandwidth greatly exceed the channel’s coher-
ence bandwidth.

The GSM and IS-54 digital cellular systems
both require adaptive equalization. The require-
ments on delay spread mitigation are defined
quite differently in these systems. In GSM a number
of typical channel models (delay profiles) have
been postulated. Roughly speaking, in GSM
impulse responses of any shape, with a width of
up to around 18-20 ps, should be handled. In 1S-54
the different channel models are characterized as
a two-ray model, with ray separation as a parameter.
The maximum separation between the two rays
is 40 ys; i.e., one symbol time.

The IST in the two systems will also differ
quite significantly, and consequently the equaliz-
er requirements. With a time dispersion width of
18 us in GSM, 5 bits might interferc with one
another. GSM is an example of a TDMA system
whose transmission bandwidth typically exceeds
the channel coherence bandwidth by a consider-
able amount. In [S-54 two symbols will interfere,
since the symbol time is the same as the time
dispersion width requirement (40 ms). Further
spreading results from transmitter and receiver
band limiting filters, but the ISI span in symbol
intervals is still less than that of GSM. So the
GSM equalizer itself will be more complex than
that for IS-54. Delay spread conditions requiring
equalization and/or diversity will also be encoun-
tered in most indoor wireless systems operating
with bit rates above about 2 Mb/s.

Diversity and Channel Coding

Antenna diversity reception is basically classi-
fied into two types: predetection and postde-
tection combining. Predetection combining either
requires the careful co-phasing of all the received
signals that experience fast random phase variations,
oris done simply by selecting the “best” of the anten-
naoutputs for demodulation, and discarding the oth-
ers. Postdetection diversity is simpler to implement
than co-phasing (but more complex than selec-
tion since it requires the duplication of receivers)
and matches noncoherent receivers [20], since all
the differential detector outputs can be easily
combined; this is because the detection process
removes the random phase variations.
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A block diagram of an optimal postdetection
diversity receiver with differential detection is shown
in Fig. 4. The detector outputs are weighted
before combination according to the time varying
channel condition of cach branch. The weight is
in proportion to the square of the received signal
envelope R (if alimiter is not used before differential
detection, no weight function is required) to
weaken contributions from weaker signal branches.
Performance results, shown in Fig. 5, were measured
for independent Rayleigh fading of desired and
interfering signals, with a normalized maximum
Dopplerfrequency F,T = 0.00125. The results show
that a 1 percent BER can be achieved at below an
average SIR of 14 dB (which is about 1 dB small-
er than with selection combining) with simple
two-branch diversity. This permits a frequency reuse
factor of four if a three-sectored cell is used.

Since ISI due to delay spread becomes larger
as the signal becomes weaker, diversity combining
canreduce the effect of dclay spread. The Japanese
PDC system relies on diversity to combat ISI, and
generally does not use adaptive equalization. For
example, the tolerable rms delay spread for 1 per-
cent BER can be increased to nearly 20 percent
of the symbol time by using two-branch diversity.
This corresponds to 9.5-us rms delay spread for
the Japanese PDC using 21 ksymbol/s. To cope
with delay spreads beyond this value, diversity
can be combined with base station antenna beam
tilting to weaken multipath signals travelling from
long distances.

Convolutional coding is a powertul technique for
reliable data transmission in mobile fading envi-
ronments. Decoding can be applied to the output
of the postdetection combiner in Fig. 4. Soft deci-
sion Viterbi decoding withinterleaving isitself a form
of postdetection combining, and thus can increase
the effective diversity order without increasing
the number of antenna elements . This is of prac-
tical importance, especially for hand-held portables.
Foridealinterleaving, the equivalent order of diver-
sity is the number of space diversity branches
times the effective code length (ECL), which may be
defined as the shortest symbolerror event pathlength
of the code [21].

The theoretically predicted relative cell capac-
ity of QDPSK with two-branch space diversity
and constraint length K = 5 punctured codes,
compared to a system with no diversity and no
coding, is shown in Fig. 6 for BER=10[21].
Although conditions for thisresult were ideal (inter-
ference but no noise, hexagonal cell layout, ideal
bit interleaving, zero delay spread and doppler),
it illustrates the substantial contribution to sys-
tem capacity from coding and diversity.

Symbol (orbit) interieaving is used to change slow
fading into forced fast, independent fading to
yield the maximum power of channel coding. For
ideal interleaving, the required interleaving depth
(the transmission time separation between two
consccutive coded symbols), is on the order of
0.38/fp., where fp is thec maximum Doppler fre-
quency, determined by the terminal speed and
carrier wavelength. This corresponds to 4.6 ms in
time and 73 symbols for a transmission rate of 16
Ksymbol/s at a 900 MHz carrier frequency and a
100 km/h terminal speed. A shorter interleaving
depth, about half the above value, can be used
with aslight performance degradation. The effect of

/4 shift QDPSK
Rayleigh fading

‘No diversity
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equalization,
applied at the
receiver, to
combat
severe
multipath
delay spread.

imperfect interleaving is similar to that of fading
correlation in a space diversity system. For a fre-
quency selective high bit rate indoor wireless
channel, coding, even without interleaving, can
also help to reduce the order of diversity needed
to limit outage probability |22].

Adaptive Equalizer Techniques

The GSM and North American digital ccllular
systems have chosen adaptive equalization,
applied at the receiver, to combat severe multi-
path delay spread. The wireless channel’s fre-
quency response is often scverely distorted by
multipath; as a result, decision feedback equal-
ization (DFE) or a version of maximum likelihood
sequence estimation (MLSE) are used in preference
to lincar equalization. MLSE equalizers with 32
states[23] and DFE [24] equalizers have been imple-
mented for GSM systems with delay spreads on
the order of 5 bit intervals. The choicc between MLSE
and DFE is usually a performance/complexity trade-
oft. MLSE equalizers arc inherently better than
DFEs, but are generally more complex. However,
relatively simplc versions of MLSEs, which han-
dle truncated impulse responses have been shown
ta be very effective for the North American [S-54
system [25-27]. It should also be noted that adap-
tive equalizers also have an ability to suppress co-
channel interference from othcr transmitters with
the same bit rate [28].

The function of the equalizer’s adaptation
algorithmis to acquire and track the required equal-
izer parameters. The set of parameters that must
be estimated for a MLSE equalizer is the sam-
pled channcl impulse response. The DFE requires
aset ot forward and feedback tap coefficients, which
can be adapted directly, or computed from the
estimated channel impulse response.

Since in a TDMA system the channel response
to or from a particular terminal may have changed
significantly since the last timeslot, acquisition of the
equalizer parameters must generally start afresh
in each timeslot. Typically the acquisition algorithm
is bascd on reference data symbols derived from
a training sequence of known data symbols.
Adaptation algorithms with very fast convergence
are required due to the very short training peri-
ods (26 bfor GSM, 28 b for IS-54). The classic exam-
ple is recursive least squares (RLS). In GSM and
18-54 the training sequences are designed to have
impulse-like autocorrelation functions, so that a
simple correlation operation estimates the chan-
nel impulse rcsponse [23].

When it comes to channel tracking an impor-
tant issue is whether one has to track during the burst,
or not. Witha carrier frequency of around 900 MHz,
and assuming a vehicle speed of 100 km/h, we get
a maximum doppler frequency of fp = 83 Hz.
The minimum time between two fading dips is
therefore roughly 6 ms (1/2fp). In GSM the burst
length is around 0.58 ms, and furthcrmore, since
the synchronization word s in the middle of the burst,
the maximum variation time is around 0.29 ms.
This means that the channel is practically constant
during the burst. In IS-54 on the other hand, the
burst length is 6.7 ms; i.e., of the same order as
the time between dips. This means that one will
experience severe channel variations during the burst
and highly optimized tracking algorithms are

needed. On the other hand, for broadband indoor
wireless systems, where doppler issmall and the data
rateisrelatively large, tracking and coherent demod-
ulation pose little problem.

Fast tracking algorithms utilizing receiver
decisions to provide areference introduce problems
of error propagation; decision errors can rapidly
dircct the equalizer parameters towards the
wrong values. Furthermore, in the case of MLSE
equalizers, the MLSE decision algorithm introduces
a significant delay in the receiver’s decisions,
whichcan hamper a fast decision directed algorithm.
One way to circumvent these problems is to dispense
with decision-directed tracking altogether, estimate
the channel impulse response or equalizer coeffi-
cients during periodic training periods, and infer-
polate these estimates between training periods. This
strategy has proven effective and robust, for suffi-
ciently frequent training intervals [29]. It canbe used
for example in the base to mobile direction in IS-
54, with a phase-alignment procedure to allow for
differential coding [26].

Conclusions

DMA is a classic approach to multiple access

in digital cellular wireless communications
systems. We have summarized a number of frequency
and timeslot allocation techniques for enhancing
the capacity and flexibility of TDMA-based systems.
We have also described how the problems of fad-
ing, delay spread, time variability and interfer-
ence affect TDMA systems, and how they may be
countered and even exploited by appropriate
techniques of detection, diversity, coding, adap-
tive equalization and slow FH. It is worth empha-
sizing that the use of one of these techniques,
slow random FH, results in a system that is in
effect a hybrid of TDMA and CDMA.

References

[1] D. €. Cox, "Universal Digital Portable Radio Communications”,
Proc. IEEE, vol. 75, no. 4, April 1987, pp. 436-477.

(2]D.). Goodman, “Trendsin Cellular and Cordless Communication,” [EEE
Comm. Mag., vol. 29, June 1991, pp. 31-40.

[3] RCR STD-27B, “Personal Digital Cellular Telecommunication Sys-
tem.”

14] RCR STD-28 "Personal Handy Phone System.”

(5] "Generic Criteria for Version 1.0 Wireless Access Communications
System (WACS),” Bellcore Technical Advisory TA-NWT-001313,
Issue 1, July, 1992,

[6]H. M. Hafez etal., "Fundamental Issues in Millimeter Wave Indoor Wire-
less Networks,” Canference Record, Wireless '93 Conference, Calgary,
July 1993,

[71K. Raith and ). Uddenfeldt, “Capacity of Digital Cellular TDMA Systems,”
IEEE Trans. Vehic. Technol., vol. 40, no. 2, May 1991, pp. 323-
332

(8] H. Eriksson ef al., “Multiple Access Options for Cellular Based Per-
sonal Communications,” Proc. Vehic. Technol. Conf., May 1993, Secau-
cus, New Jersey, pp. 957-962.

[9] H Andersson et al., “Adaptive Channel Allocation in TIA IS-54 Sys-
tem,” Proc. Vehic. Technol. Cont., May 1992, Denver, Calorado,
pp. 778-781.

[10} ET5 300-175-3, “Radio Equipment and Systerms (RES) Digital Euro-
pean Cordless Telecommunications (DECT) Common Interface,
Part 3 Media Access Control Layer,” Oct. 1992.

[11] ETSI/GSM 05.02, “Multiplexing and Multiple Access on the Radio
Path.”

[12] B. Gudmundson, J. Skold and ). Ugland, “A Comparison of
CDMA and TDMA Systems,” Prac. Vehic. Technol. Conf., May
1992, Denver, Colorado, pp. 732-735.

{13]S.Chennakeshu, A. Hassan, . Anderson, “ Capacity Analysis of a Mixed
Mode Slow Fregquency Hopped Celiular System,” Proc. Vehic.
Technol. Conf., May 1993, Secaucus, New Jersey, pp. 540-543.

{14]) R. Meidan, “Frequency Hopped CDMA and the GSM System,”
Proc. DMR-S, Helsinki, Dec. 1992, pp. 343-345.

{15} W. 7., Webb, L. Hanzo, and R. Steele, “ Bandwidth efficient QAM
schemes for Rayleigh fading channels, “ IEE Proc.-I, vol. 138, pp.
169-175, June 1991.

(16] TIA/EIA/IS-54, “Dual-Mode Mobile Station - Base Station Compati-
bility Standard.”

{17IN.R. Soltenberger et al., " Architecture and Implementation of an Effi-

56

IEEE Communications Magazine ® January 1995



cient and Rabust TDMA Frame Structure for Digital Portable Com-
munications,” Proc. IEEE Vehic. Technol. Conf., May 1989, San
Francisco, pp. 169-174.

[18] F. Adachi and M. Sawahashi, “Decision feedback differential
detection of 16DAPSK signals,” /EE Electron. Lett., vol. 29,
pp.1455-1457, Aug. 1993.

[19] ). C-) Chuang, “The Effects of Time Delay Spread on Portable
Radio Communications Channels with Digital Modulation,” JEEE J.
Sel. Areas in Communication, vol. SAC-5, june 1987, pp. 879-889.

{20] F. Adachi, " Postdetection optimal diversity combiner for DPSK
differential detection, " JEEF Trans. Veh. Technol., vol. 42, pp
326-337, Aug. 1993.

[27] T. Matsumoto and F. Adachi, “Combined canvelutional
coding/diversity reception for QDPSK land mobileradio, " iE/CE Trans.,
vol. E74, pp. 1522-1530, June 1991,

122] C. L. B. Despins, D. D. Falconer, and S. A. Mahmoud, “Compound
Strategies of Coding, Equalization and Space Diversity for Wide
Band TDMA Indoor Wireless Channels, IEEE Trans. Vehic. Technol.,
vol. 41, no. 4, Nov. 1992, pp. 369-379.

[23] R. D"Avella, L. Moreno and M. Sant'Agostino, “An Adaptive MLSE
Receiver for TDMA Digital Mobile Radio,” JEEE JSAC, vol. 7, Jan.
1989, pp. 122-129.

(24] G. D'Aria, R. Piermarini, and V. Zingarelli, "Fast Adaptive Equaliz-
ers for Narrow-Band TDMA Radio with CEPT/GSM Characteristics,”
IEEE Trans. Vehic. Technol., vol. 40 No. 2, May 1991, pp. 392-404,

[25] G. Larsson, B. Gudmundson and K. Raith, "Receiver Performance
for the North American Digital Cellular System,” Proc. IEEE Vehic.
Technol. Conf., May 1991, 5t. Louts, pp. 1-6.

[26] R. D. Koilpillai, S. Chennakeshu and R. L. Toy, “Low Complexity
Equalizers for U.S. Digital Cellular System,” Proc. IEEE Vehic. Tech-
nol. Conf., May 1992, Denver, Colorado, pp. 744-747.

[27} W. P. Chou and P. J. McLane, “16-State Nonlinear Equalizer for IS-
54 Digital Cellular Channels,” Proc. ICUPC, Dttawa, Oct. 1993, pp
436-442.

28] D. D. Falconer et af., "Advances in Equalization and Diversity for
Portable Wireless Systems,” Digital Signal Processing, vol. 3no. 3, july
1993.

[29]N. W.K Lo, D.D. Falconerand A. U. H. Sheikh, “Adaptive Equalization
and Diversity Combining for Mobile Radio Using Interpolated
Channel Estimates,” IEEE Trans. Vehicular Technoi., Val. 40, Aug.
1991, pp. 636-645.

Biographies

Davip D. FALCONER [SM “83] received the B.A. Sc. degree in engineering
physics from the University of Toronto in 1962 and 5.M. and Ph.D. degrees
in electrical engineering from M.L.T. in 1963 and 1967, respectively.
After a year as a postdoctoral fellow at the Royal institute of Technol-
ogy, Stockholm, Sweden he was with Bell Laboratories, Holmdel, New

Jersey from 1967 to 1980, as a member of the technical staff and later
asgroup supervisor. During 1976-77 ha was a visiting professor at Linképing
University, Linkdping, Sweden. Since 1980 he has been at Carleton
University, Ottawa, Canada, where he is a professor in the Depart-
ment of Systems and Computer Engineering. His interests are in digi-
tal communications and communication theory, with particular application
to wireless communications systems. He was editor for Digital Com-
munications for the IEEE Transactions on Communications from 1981
to 1987. He is a member of the Association of Professional Engineers
of Ontario and was awarded the Communications Society Prize Paper
Award in Communications Circuits and Techniques in 1983 and again
in 1986. He was a co-recipient of the IEEE Vehicular Technology Trans-
actions Best Paper of the Year Award in 1992. He was a consultant to
Bell-Northern Research, working on ISDN access, in 1986-87 and to
Codex/Motorola, working on cellular COMA techniques, in 1990-91,
during sabbaticals. He is currently leading a research project on
broadband indoor wireless communication, involving several universities,
sponsored by CITR (Canadian institute for Telecommunications Research).

FUMIYUKI ADACHS was graduated from Tohoku University in 1973 and
was awarded Doctorate in Engineering from the same university in
1984. In 1973, he joined the Nippon Telegraph & Telephone Corpora-
tion (NTT) LaboratoriesinJapan and in 1992, he transferred to NTT Mabile
Communications Network, inc. Since joining NTT, he has been
researching in the areas of COMA/TDMA mobile radio communica-
tions systems and digital signal processing including bandwidth effi-
cient modulatior/demodulation, diversity reception, and channel coding.
During the academic year of 1984/85, he was a United Kingdom SERC
Visiting Research Fellow at the Department of Electrical Engineering
and Electronics of Liverpool University. He is a co-recipient of the IEEE
Vehicular Technology Society Paper of the Year Award in 1980 and
1990. He has been a secretary of IEEE Vehicular Technology Society
Tokyo Chapter since 1991.

BJORN GUDMUNDSON [M ‘85] received an Ms.Sc. from the Royal Institute
of Technology, Sweden, in 1981, an Ma.Sc. from Stanfard University
in 1985, and a Ph.D. from the Royal Institute of Technology, Sweden,
in 1988, all in electrical engineering. In 1881 he joined Ericsson Radia
Systems, working primarily with development of Private Land Mobile Radio
Systems. During 1984 to 1988 he studied Adaptive Equalization Tech-
niques for Mobile Radio Channels, both as part of the Ph.D. research
and for the pre-development of the GSM signal processing at Ericsson
Radio Systems. (n 1988 he joined the research department at Ericsson
Radio Systems, engaged in the Mobile RACE project, primarily study-
ing microcellular technigques. in 1990 he became manager for a
research unit on radio access/radio transmission techniques. From
1992 has been manager for the research department “Radio Access
and Signal Processing Research,” including also Speech Coding and
Echo Cancellation.

It is worth
emphasizing
that the use
of slow
random
frequency
hopping
results in a
system that is
in effect a
hybrid of
TDMA and
CDMA.

Upcoming Features in

Wireless Security

IEEE Communications Magazine
February 1995

A Multi-faceted Approach to
Forecasting Broadband Demand
and Traffic

Methods of Forecasting Long Term
Demand for Wideband and
Broadband Services in the
Residential Market

Forecasting Broadband Demand
Between Geographic Areas

Engineer

At GTE Laboratories, we have assembled one of the
strongest groups of researchers and developers in the
world to support GTE's telecommunications businesses.
We are the largest local exchange telephone company and
the second largest mobile service provider in the U.S

This is an excellent opportunity for an individual with a
detailed knowledge of cellular, PCSand CDPD
technologies to participate on a team involved in wireless
communications security and fraud control. This will
involve supporting GTE PCS, GTE Mobilnet and CTIA in
performing research and development efforts, as weil as
prototyping for advanced secure wireless applications.

To qualify, candidates must have an MS or PhD in EE and
extensive research and development experience in
telecommunications, with an emphasis on data
security/cryptography in a wireless environment. )
Proficiency in C and C++ in a DOS/UNIX environment is
also required.

We offer an outstanding benefits package including an
on-site fitness facility, medical/life/dental insurance,
pension, savings and investment plans. Please send
your resume to the Employment Department, GTE
Laboratories Incorporated, Box IECJ, 40 Sytvan Road,
Waltham, MA 02254. An equal opportunity
employer, M/F/D/V.

LL= Laboratories
THE POWERIS ON

[EEE Communications Magazine & January 1995

57



