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e Is the root mean- 
square delay spread 
(see expression 8) and Rb 
is the bit rate. 

n the last few years, the development of 
high-quality digital mobile radio systems 
has become a major goal in the field of dig- 
ital communications. The possibility of pro- 
viding speech and data services free of wire 

constrictions in different environments, such as 
mobilevehicles, orwithin large buildings (hospitals, 
factories, department stores, etc.) is avery attractive 
proposition, supported by means of the personal 
communications network (PCN) concept. The 
aim of this article is to analyze the behavior of 
different receiver structures for such systems in order 
to obtain some clues to be used in designing the 
next generation of mobile systems. These systems 
have to provide both low- and high-data-rate ser- 
vices (up to 1 Mb/s) and be efficient in environments 
where a high density of traffic is generated. More- 
over, as the carrier frequencies will range between 
1 and 4 GHz, and the vehicle speed can be as 
high as 400 km/hr (e.g., high-speed trains), large 
Doppler frequency values must be coped with. 
On the other hand, PCN systems are power-limit- 
e d  due  to  portability constraints; therefore ,  
coherent detection is preferable over differential 
detection, since a gain value of around 3 dB in 
terms of signal-to-noise ratio is achieved. For 
these reasons, M-quadrature amplitude modulation 
(QAM) schemes, which provide high spectrum 
efficiency and allow coherent detection, a re  
appropriate for these systems. In particular, 4- 
and 16-QAM schemes have been analyzed. 

In these systems, the received signal is strongly 
affected by the radio environment. Buildings, 
hills, and other obstacles may obstruct the line of 
sight between transmitter and receiver. As a con- 
sequence of typical wave propagation characteris- 
ticssuch as scattering, diffusion, and diffraction, the 
resulting wave front in the receiving antenna con- 
sists of a number of time-varying multipath com- 
ponents. For this reason, mobile radio systems 
are affected by frequency-selective fading caused by 
the multipath time delay spread that produces 
both intersymbol interference (ISI) and Rayleigh 
fluctuations in the signal-to-noise ratio. The main 
effects of these phenomena on the system behav- 
ior are an irreductible bit error rate (BER) and 

the imposition of an upper limit on the data rate 
for which the system is able to guarantee a cer- 
tain performance (e.g., the BER). In order to 
combat the degrading effects introduced by the chan- 
nel, different protection techniques must be used. 
In particular, diversity techniques and/or adaptive 
channel equalizers could be considered. 

All the techniques mentioned above are only able 
to fight properly against the propagation effects 
for a limited range of bit-rate values. Diversity 
techniques are efficient for low1 (z& <C 0.01) or 
medium(0.01< Z.& < 0.1) bit ratetransmissionsys- 
tems. In these cases, the transfer function of the chan- 
nel can be assumed to be nonselective, and the 
IS1 effects are negligible. Therefore, diversity 
techniques are able to combat the fluctuations in the 
signal-to-noise ratio due to the Rayleigh nature 
of the propagation. However, when the system 
operates at a high bit rate (z& > O.l), diversity 
cannot cope with the ISI; in this case, equaliza- 
tion techniques are required. Nevertheless, these 
techniques, which are capable of compensating 
the ISI, have limited performance due to the sig- 
nal-to-noise fluctuations. Thus, to increase the 
system performance, it would also seem appropri- 
ate to consider joint diversity and equalization 
techniques, as analyzed in this article. 

It must also be kept in mind that the objective of 
this article is only to analyze the improvement in sys- 
tem performance due to diversity and equalization 
techniques; therefore, all the results are given for 
uncoded systems. In a practical system, where 
some kind of coding is introduced, the BER can be 
reduced by more than four orders of magnitude, and 
this way, a suitable performance can be achieved. 

Two different system configurations have been 
analyzed. First, we have considered a noise-limit- 
ed system, where there is no cochannel interference. 
Second, a cellular radio environment has also 
been analyzed. In this case, the system perfor- 
mance becomes limited due mainly to cochannel 
interference rather than noise, since there are 
several base stations operating at the same frequency. 
In particular, six interfering signals corresponding 
to the first ring of cochannel interfering cells sur- 
ronding the desired cell have been considered. 
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Figure 1. Low-pass equivalent model of the transmission system. 

The influence on the system performance of 
various system and channel parameters, such as 
theshape androotmeansquare(RMS) delay spread 
of the power delay profile that characterizes the prop- 
agation conditions for different outdoor environ- 
ments (urban, rural, and hilly terrains),  the 
equalizer structure (linear transversal equalizer, 
LTE, or decision feedback equalizer, DFE), the num- 
ber of taps, the introduction of a matched filter in 
the receiver, and so on, have been studied. 

System and Channel Models 
igure 1 depicts the low-pass equivalent chan- F nel model of the transmission system under study. 

In the following expressions, low-pass equiva- 
lent notation is used. In the most general case, 
the M-QAM generated signal can be expressed as 

m 

S ( t ) =  x ( a x  +jbk ) .6 ( t - kT)  

m (1) 
k=-- 

= x C k . 6 ( t - k T )  
k=-- 

where {ak} , {bk}  are independent data sequences 
of duration T for the in-phase and quadrature 
channels, respectively. They are selected from the 
set{fI , f3 ,  ...,+( M1j2-1)}withM=4for4-QAM 
and M = 16 for 16-QAM. H T ( ~ )  is the root-raised 
cosine filter and models the transmitted wave 
form. We have considered two different struc- 
tures for the receiver filter, H R ( f ) .  In the first, the 
overall filtering transfer function, H,cf).H&), is 
a raised-cosine type with a roll-off factor equal to 
0.5, and the filtering is split equallybetween the trans- 
mitter and receiver, which means that H ~ c f )  is 
also the root-raised cosine filter. This filter is sim- 
pler than the matched filter and would be opti- 
mal if the channel transfer function were nonselective. 
In the secondone, amatchedfiltering(MF) isincor- 
porated, so 

h R ( t )  = F-'[ffR(f)] = hi(-t) (2) 

where + denotes the conjugate, F-1 is the inverse 
Fourier transform, andh I (t)  is the equivalent impulse 
response prior to hR(t), 

hi(t) = h d t )  * U t )  (3)  

being 

h d r )  = F-'[ffr(t)l (4) 

Therefore. the global impulse response results are 

h(t) = h ~ ( t )  * h,(t) * h ~ ( t )  = hl(t)  * hi(-t) 
= a( t )  = a+(-t) (5) 

Let us notice that the receiver filter is matched 
not only to the root-raised cosine transmitting filter, 
but also to the entire impulse response h l ( t ) ,  
which is affected by the channel impulse response 
variations, and thus needs to  be continually 
updated. It could be implemented according to 
an FIR structure from the estimated impulse 
response. The function h,(t) models the channel 
behavior that introduces selective fading in the radio 
link. The channel is assumed to  be wide-sense 
stationary uncorrelated scattering (WSSUS), and 
it is represented by a unique correlation function 
referred to as the Power Delay ProfileP(t), given by: 

<hc(t)h : (t ') > =P(r) 6 ( t  - t ') (6) 

where <.> denotes the ensemble average, and 

P(t) = ( lhc ( t ) I 2 )  (7) 

A measure of the width of P ( t )  is the RMS 
delay spread, T , defined as 

where the average delay T,,, is defined as 
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When the 
channel is 
assumed to 
be static, the 
BER can be 
calculated in 
an analytical 
way, given 
that the 
overall 
impulse 
response is 
estimated, 
and thus, 
the IS1 
component 
known. 

(9 )  
Then the optimum recovered phase results [3]: 

%pt = -arg(hO) (13) 

The multipath phenomenon can be described 
in terms of time delays with no Doppler shifts for 
staticchannels, and time delays and the Doppler shift 
associatedwitheachdelayforthe dynamicchannels. 
The models adopted correspond to those pro- 
posed by COST-207 [ l ,  21, and are based on rep- 
resentingthe channel byafinite number of taps, each 
onedeterminedby its time delay and averagepower. 
The amplitude of each tap is Rayleigh distributed 
andvaries in accordancewith the Doppler spectrum 
(see Appendix I). In particular, the four analyzed 
propagation models corresponding to different types 
of terrain are the urban (non-hilly) area (TU), 
the bad case for a hilly urban area (BU), the rural 
(non-hilly) area (RA), and finally, hilly terrain (HT). 
Each of these models is described by a continu- 
ous power delay profile (see Appendix II) and approx- 
imated through a discrete number of taps. 

Considering the most general case analyzed, which 
is to introduce the presence of cochannel inter- 
ference, the received signal for each diversity branch 
may be expressed as 

k=-- 

+ j  x[bk.hR(t-kT)+ak.h'(t-kT)] (10) 
k=-- 

+i(t) + n, ( t )  + jny ( t )  

where i(t) is the cochannel interfering signal 
(ICI) and 

h(t) = hR + jhI 
= F- ' [HT(~)  . H R ( ~ ) ]  * h,(t)l.G.de (11) 

with * the convolution operator. G is a gain factor 
that ensures a constant average power at the demod- 
ulator input. It is introduced in order to consider the 
presence of automatic gain control (AGC) and is 
onlynecessaryfor 16-QAM patternssince in4-QAM 
we have zero-crossing decision boundaries. After 
some algebraic effort, it is easy to show that i ( t )  
may be expressed as follows: 

where a,,, is equal to the inverse of the carrier-to- 
interference ratio (CIR) in linear unities, 5, is aran- 
domvariable that represents the difference in timing 
phases between the interfering and desired sig- 
nals, which has a uniform distribution over [ O , q ,  and 
h,(t) is the corresponding equivalent impulse 
response for each of the six interfering signals. 

In order toperform a coherent detectioqwe have 
introduced a carrier recovery circuit that minimizes 
the output mean square error. Assuming that the 
bandwidth of this circuit is much higher than the fad- 
ing rate, the carrier phase can be properly tracked. 

where ho is the main sample of the global impulse 
response.As we focus our analysis on the effects 
of the distortion induced by the delay spread and 
cochannel interference, the phase jitter on the recov- 
ered carrier caused by the Gaussian noisewill not be 
considered. The optimum sampling instant is 
obtained from a classical squaring timing recov- 
eryloop [4]. Considering that the fadingrateismuch 
lower than the bandwidth of the timing recovery loop, 
the optimum sampling instant is obtained from 
the following expression: 

where [ I fR@)  + j Hfcf)]is the Fourier transform 
of the global impulse response h(t). 

It  should be noted here that the carrier and 
timing recovery circuits are not necessary if the 
matched filter is present. In this case, ho is real, 
and therefore, the optimum recovered phase is always 
zero. In addition, since the maximum of h(t)  is in 
the middle point of this function, td = 0. 

Two baseband equalizer structures are used. The 
system performance for typical LTE and DFE struc- 
tures, bothwith symbol period (T) spacing between 
stages, have been investigated. In both cases, the 
minimum mean square error (MMSE) technique 
has been adopted to calculate the tap values. When 
static radio channels are assumed, a set of linear 
equations can be posed to obtain the optimum tap 
values. The equations to be solved are different 
depending on the situation we are dealing with: 
IC1 effect [5], equalization only, or joint equal- 
ization and diversity [6]. For dynamic channels, 
we first estimate the channel impulse response from 
the midamble sequence, which is known in the receiv- 
er; afterwards, arecursive least squares (RLS) updat- 
ing procedure is adopted to follow the time-variant 
channel characteristics. 

Results 
e have examined the effectiveness of the W joint adaptive equalization and diversity tech- 

niques in counteracting the multipath and fading 
introduced by the mobile radio channel as well as 
the cochannel interference due to the cellular 
environment.Theobjective is to determine the data 
rate limitation for mobile communication sys- 
tems. In order to analyze a standard time-division 
multiple access (TDMA) system, we have obtained 
results considering a burst structure like that 
adopted by the GSM system [7]. The criterion 
used to evaluate the system quality is the BER. When 
the channel is assumed to be static, the BER can 
be calculated in an analyticalway, given that the over- 
all impulse response is estimated, and thus, the 
IS1 component known. To compute the error 
probability integral, we have considered the Levy 
method [8]. Withregard to the dynamicchannel, the 
impulse response is also estimated, but it changes 
each bit period, and the use of an  analytical 
method would involve an inadmissible simulation 
time. For this reason, the traditional Montecarlo 
method has been used. In particular, the average 
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Figure 2. Basic time slot structure. 

I 

BER has been obtained from 10,000 bursts, each 
consisting of 148 b, as shown in Fig. 2. 

Furthermore, in order to compare the perfor- 
mance of the two different modulation schemes ana- 
lyzed, we have used the bit rate& as the normalization 
parameter. The BER value is expressed as a func- 
tion of the normalized delay spread given by the prod- 
uctt.&; that is, ifwewant to knowwhat themaximum 
bit rate is for a given value of BER, we just have 
to know what the RMS delay spread value is to 
compute the maximum Rb value. 

Throughout this presentation of results, we will 
focus mainly on the TU model, because it represents 
a typical environment in which a PCN system could be 
deployed and a high density of traffic expected. 

InFigs.3aand3bweshowtheevolutionofthemean 
value of the bit-errorprobabilityfor 4- and 16-QAM, 
respectively. We have chosen signal-to-noise ratio 
values of 20 and 26.5 dB for 4- and 16QAM, respec- 
tively, because they provide a similar BER value 
for systemswithout IS1 and affected by Rayleigh fad- 
ing. In this case, a static TU channel model has been 
considered and a matched filter introduced. From 
the comparison of these figures, it can be seen that 
the BER evolution is similar, so the same conclu- 
sions can be obtained from both figures. It is clear 
that an unprotected system performs very poorly, 
even for channels with low distortion. Certainly, 
the Rayleigh fading induced by the multipath prop- 
agation significantly degrades the system perfor- 
mance, even if there is no ISI. For the assumed 
signal-to-noise ratio value and 4-QAM pattern, 
the BER has a value of 5.10-3 in Rayleigh envi- 
ronments, while in a Gaussian channel the BER 
is as low as 7.10-24. In fact, the system is only able 
to guarantee a BER value lower than if the 
normalized delay spread does not exceed 0.2 and 
0.15for4- and 16-QAMpatterns, respectively. Ifthe 
diversity technique is considered, we notice that 
the BER values decrease by up to one order of 
magnitude in the event that the channel intro- 
duces low distortion, as could be expected in Rayleigh 
environments [9]. However, for higher values of 7Rb, 
the system performance degrades quickly and proves 
to be slightly better than that obtained for an 
unprotected system. In thiscase,wecanachieve BER 
valueslower than for .r.Rbvalues lower than 0.25 
and 0.18 for 4- and 16-QAM, respectively. If LTE 
and DFE structures are introduced, the system 
performance increases quickly due to the ability 
of the equalizer to compensate the distortion induced 
by the channel. For an equalizer with three taps 
(marked 2 + 1 in the figure), the system is able to 
guarantee a BER lower than for values of the 
normalized delay spread as high as 1 for LTE and 
1.4 for DFEwhen4-QAM is considered (0.4 and 0.7, 
respectively, for 16-QAM). Moreover, if the num- 
ber of taps is increased to seven (marked 4 + 3 in the 

Figure 3. Evolution of theBER Versus the normalized delay spread for the 
TUmodel: (a)  4-QAM; (6) 16-QAM. 

figure), the BER remains lower than the above 
value if t.R& kept lower than 2 and 4 (0.5 and 3 
for 16-QAM) for LTE and DFE structures, respec- 
tively. On the other hand, when joint equalization 
and diversity techniques are considered,we obtain 
a marked improvement in performance because 
we are able to compensate for both the induced 
distortion and the degradation in terms of signal-to- 
noise ratio due to the Rayleigh fading. In this case, 
for 4-QAM a BER value of can be achieved 
for normalized delay spreads lower than0.35 for L E  
(2 + l), 1 for LTE (4 + 3), 1 for DFE (2 + l), and 4 
for DFE (4 + 3) (for 16-QAM, the respective val- 
ues are 0.2,0.4,0.4, and 3). It is important to empha- 
size that for some T . R ~  values, the system performance 
is better than that obtained for a channel that 
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H Figure 4. Evolution of the BER versus the normalized delay spread for MI; 
and root raised cosine filter. 

R Figure 5. Evolution of the BER versus the normalized delay spread, BU 
model. 

_ _  
model. 

introduces no ISI. The explanation for this behav- 
ior is that the system uses the multipath as an addi- 
tional redundant channel to increase the diversity 
gain. However, for large values of the normalized 
delay spread, the IS1 induced by the multipath increas- 
es considerably, and the equalizer cannot completely 
cope with it. As a result, the system performance de- 
grades quickly. In order to illustrate the bit-rate 
improvement introduced by the use of diversity and/or 
equalization techniques, a typical value of z = 1 
ps is assumed for the TU model. From Fig. 3a, to 
achieve a BER equal to a system with diver- 
sity alone is able to  transmit up to  200 kb/s, 
approximately(z.& = 0.2). Ifonlyequakzation tech- 
niques are used, the system is not capable of 
guaranteeing thisvalue of BER, but considering joint 
equalization and diversity, we can reach up to 6 Mb/s. 

Finally, asacomparison between 4- and 16-QAM 
schemes, the results obtained show that the use of 
high-level M-QAM modulations offers no advan- 
tage in terms of the maximum data rate that can be 
transmitted. Certainly, even though narrow-spec- 
trum bandwidth results when high-order modula- 
tions are considered, and, as aconsequence, aminor 
effect of the multipath propagation could be expect- 
ed, the great sensitivity to the distortion of the high- 
order modulation causes no advantage to be achieved. 
Consequently, high-level M-QAM schemes could 
only be considered in order to obtain high spec- 
trum efficiency, but not because of their capability 
to cope with large time dispersion values introduced 
by multipath propagation. 

We have also analyzed the benefits of using a 
matched filter in place of a root-raised cosine fil- 
ter in the receiver. For all the various cases analyzed, 
Fig. 4 shows that when the matched filter is con- 
sidered, the BERcurveobtained isclearlybelow that 
corresponding to the root-raised cosine filter. There- 
fore, we will always consider the presence of a 
matched filter from now on. 

The BER evolution for the different static 
channel models is illustrated in Figs. 5 ,  6, and 7 
for BU, RA, and HT, respectively. Both the anal- 
ysis of the results obtained and the conclusions 
are similar to those explained above for TU envi- 
ronments. In order to compare the maximum 
data rate allowed in those environments, it must 
be said that the typicalzvalues for each of these mod- 
els are 2.5,0.1, and 5 ps, respectively. Therefore, 
in order to guarantee a BER lower than 
maximum bit rates of 0.8,40, and 0.5 Mbis can be 
achieved, respectively, assuming joint diversity 
and 4 + 3 DFE equalization. 

Figure 8 shows the system performance for a dy- 
namic channel as a function of the signal-to-noise 
ratio. In particular, a Doppler frequency of 250 Hz 
and a bit rate of 500 kbls have been chosen. We observe 
agreat improvement in termsofsignal-to-noise ratio 
due to the useofjoint diversity andequalization. For 
a BER value equal to lC3, using a DFE equalizer 
with seven taps and diversity, we gain up to 13 dB 
in relation to the equalizer without diversity. We also 
notice that theDFEstructurepresentsagainofabout 
5 dB in relation to the LTE. 

If we compare these results for a SNR equal to 
20 dB with those obtained in Fig. 3a for z.& 
equal to 0.5 (z = 1 ps and Rb = 500 kbis), only 
small differences appear. Therefore, we can con- 
clude that if the system is able to obtain the chan- 
nel impulse response from the midamble data, an 
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RLS tap-updating algorithm can be used to cope 
with the time-variant fluctuations of the channel 
impulse response without a significant system 
performance penalty. Thus, for the TDMA burst 
structure analyzed, all the results obtained for 
static channels can be extended to the dynamic case. 
Let us notice that the use of a midamble instead 
of a preamble simplifies the updating algorithm cam- 
plexity because the effect of channel fluctuation with 
which the receiver has to cope are minimized. 
Certainly, with a midamble the last symbols of 
the burst are closer to the point where the impulse 
response is estimated. 

Finally, Fig. 9 shows the system behavior when 
the performance is limited by the cochannel 
interference. We have considered a signal-to- 
noise value of 60 dB and a global carrier-to-inter- 
ference ratio (CII) of 20 dB. It should be noted 
that now the system performance is mainly limit- 
ed by the interference rather than by the noise. 
Six independent interfering signals have been 
generated. In this case, for a BERof lO-',and assum- 
ingjoint equalization and diversity, we can reach nor- 
malized delay spreads higher than 5. That is, for a 
TU environment a maximum bit rate as high as 7 
Mbis could be expected, keeping the BER lower than 
lk3. We also notice that the system has a behav- 
ior very similar to that obtained for a noise-limit- 
ed system, albeit with slightly better performance. 
In fact, if we had established a Gaussian hypothe- 
sis for the cochannel interference, which repre- 
sents the worst case, we would have obtained the 
same results as for the noise-limited system with 
a signal-to-noise ratio of 20 dB.Thus, the results 
obtained for noise-limited systems with the envi- 
ronments considered could be extended to sys- 
tems limited by cochannel interference. 

It should be emphasized that although the BER 
values obtained in this analysis may seem too high, 
as we have stated before, we have only focused on 
the improvement obtained by using equalization 
and/or diversity techniques. However, a practical 
system also introduces coding and interleaving; as 
a result, the final BER could be found to be more 
than four orders of magnitude below the values 
presented in this article. 

Conclusions 
n this articlewe have analyzed the performance of I diversity and equalization techniques in a 

mobile radio environment for both noise- and cochan- 
nel-interference-limited systems. Four- and 1QQAM 
modulations have been considered, and several real- 
istic outdoor channel models have been described. 
From the results obtained, we can conclude that 
a system without protection has very limited per- 
formance. When the channel introduces low-level 
distortion, the diversity technique produces good 
performance; on the other hand, when the chan- 
nel introduces a high degree of ISI, the use of 
equalization techniques becomes necessary. In 
particular, the DFE structures offer better per- 
formance than the LTE ones. Moreover, as the 
tap values of the feedback filter can be obtained, 
using a simple expression [lo], from the known 
impulse response and the linear coefficients, it 
can be concluded that with the same number oftaps, 
the D F E  also improves on LTE performance 
from the point of view of computing complexity. This 

W Figure 7. Evolution of the BER versus the normalized delay spread, HT 
model. 

W Figure 8. Evolution of the BER versus the nignal-to-noise ratio for a dynamic 
channel. Doppler frequency fd = 250 Hz. 

W Figure 9. Evolution of the BER versus the time delay spread. Cochannel- 
interference-limited system. 
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is an important point when dealing with high- 
speed transmission systems, as envisaged for 
PCN. We  have also demonstrated that joint  
equalization and diversity techniques arevery effec- 
tive tools to combat the degrading effect introduced 
by the radio channel, since they allow the BER to 
be reduced by a factor of more than 100, even though 
greater complexity is required in the receiver 
structure. On the other hand, as a comparison 
between 4- and 16-QAM modulation schemes, 
the results obtained show that the use of high- 
level M-QAM offers no advantages in terms of 
the maximum data rate that can be transmitted. 
We must remember, though, that they are more spec- 
trally efficient, which is significant, especially in small 
cells where high capacity is needed. 
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