
Reduced Complexity Diversity Combining and Adaptive Equalization Using Interpolated ChannelEstimates with Applications to Cellular Mobile Radio Channels.�Tugay Eyce�oz and Alexandra Duel-HallenDept. of Electrical & Computer Engineering,North Carolina State University, Box 7911,Raleigh, NC 27695-7911E-mail: teyceoz@eos.ncsu.edu, sasha@eos.ncsu.eduAbstract{In this paper, we investigate an antenna diversitycombiner-equalizer receiver structure to combat multipathfading in Cellular Mobile Radio (CMR) communications.Our system speci�cations are compatible with the U.S. dig-ital cellular system. The technique utilizes block adaptationand linear or decision feedback equalization. The receivero�ers complexity reduction relative to previously proposedblock adaptation methods [1, 2] without sacri�cing perfor-mance. I IntroductionThe main objective in the design of digital communica-tion systems is to achieve the highest possible transmissionrate with acceptable level of reliability. In CMR communica-tions the basic problem is the time dispersion introduced bythe Rayleigh fading multipath channel. Thus, the signal dis-persion caused by frequency selective multipath fading andthe time-varying signal propagation resulting from vehicularmotion introduce intersymbol interference (ISI) and randomdoppler fading [3, 4, 5, 6]. In order to combat intersymbolinterference (ISI) and rapid time variations in CMR com-munications occurring over frequency selective fading multi-path channels, we investigated a diversity combiner-adaptiveequalizer receiver structure. Speci�cally, we used diversityreception, known to combat fast fading, along with adaptiveequalization, known for mitigating the e�ects of ISI, for ourreceiver structure. As a diversity reception technique we usedspace diversity with multiple antennas, spaced su�ciently farapart so that their received signals fade independently.It is important to consider channel fading in the design ofan adaptive equalizer. In CMR communications where thechannel is fast fading, combiner equalizer parameters canbe calculated periodically based on channel estimates or up-dated using an adaptive equalization algorithm. We usedthe former approach. Speci�cally, block adaptation usingknown training sequences is used for our CMR communica-tions system. In contrast to continuous adaptation, a blockadaptation algorithm computes and changes the receiver pa-rameters at the beginning of each data frame. The start ofeach data frame contains a known training sequence which isused to estimate the channel impulse response (CIR). How-ever, for a fast fading channel, the CIR estimate obtainedfrom training at the beginning of a data frame should be up-dated several times during the data frame. This time-varyingCIR is determined by interpolating a set of estimated CIR�This research was supported by NSF grant NCR-9410227.

values. Then the combiner-equalizer parameters are adap-tively computed using interpolated channel estimates fromeach of the L diversity channels, yielding the optimum per-formance in the MMSE sense.In [2], Lo et al. used the same block-adaptive strategy.However, their receiver structure was di�erent. They usedan individual fractionally spaced feedforward �lter for eachdiversity path and one common symbol spaced feedback �l-ter. On the other hand, in [7], Balaban and Salz derived asymbol spaced MinimumMean Square Error (MMSE) opti-mum receiver structure. They also combined diversity recep-tion with adaptive equalization into a single receiver. Imple-menting this receiver requires knowledge of actual channelcharacteristics, since this receiver features a set of matched�lters for each diversity path. The additional parts of theiroptimum receiver structure consist of tapped-delay line �l-ters used for processing the sum of the output samples fromthe matched �lters prior to detection. We combined block-adaptive strategy approach with the receiver structure simi-lar to that of Balaban and Salz. Our receiver has fractionallyspaced matched �lter for each diversity branch followed bya single symbol spaced Linear Equalizer (LE) or DecisionFeedback Equalizer (DFE). This receiver structure has lowercomputational complexity than that of Lo et al., and doesnot require prior knowledge of channel parameters as that ofBalaban and Salz.In the following sections we describe our CMR communi-cation model and discuss simulation results.II CMR System DescriptionA block diagram of the CMR communications system ispresented in Figure 1. Our system speci�cations are com-patible with the U.S. digital cellular system. A narrow-band time division multiple access (TDMA) channel accessmethod accommodates three users in a band of 30 kHzin each direction, with 8 kbits/s user. The �=4-shiftedDQPSK modulation method is used. The transmit andreceive �lters have square root raised cosine frequency re-sponse characteristics with a 35% rollo� factor. In this pa-per a discrete-time representation is used which correspondsto sampling all signals at T=2, where T is a symbol inter-val.At the lth diversity branch, the received signal isVl(t) = S(t) � hl(t) +Nl(t)= Xk S(kT )hl(t� kT ) +Nl(t) (1)
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tk = kTFigure 1: CMR communications system with linear blockadaptive equalizationwhere S(kT ) is the �=4-shifted DQPSK data sequence attime kT , Nl(t) is the AWGN with the variance of �2n, andhl(t) is the channel impulse response (CIR) which also in-cludes the transmit and received �lter responses.Channel ModelFor each diversity branch, the CMR channel is modeledin complex baseband representation as an FIR �lter in theform of a T/2-spaced tapped-delay-line (TDL) as shown inFigure 2. The TDL consists of three complex tap coe�-cients, cil(kT ) i=1,2,3, each representing a distinct multi-path. The multipath power delay pro�le (MPDP) of thechannel is speci�ed with a three-paths "mountainous ter-rain" model with relative rms powers of 0, -5, and -15 dB.Each channel tap coe�cient having Rayleigh fading charac-teristics is simulated with the "modi�ed Jakes model" [3, 8]using sixteen sinusoids with distinct Doppler frequencies upto a maximum Doppler frequency, fdm of 100 Hz. Further-more, complex additive white gaussian noise (AWGN) withvariance �2n is added to the transmitted signal at the out-put of each diversity channel. These noise components areindependent.
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Since CIR estimates are updated at the beginning of eachdata frame, this type of periodic training improves the adap-tation problem. However, it introduces some system over-head, which is de�ned as the percentage data throughput:%T = 100NdNd +Nt% = 100Nd� % (3)This signaling strategy is simpler than proposed narrow-band TDMA signaling format. For example, some signalinginformation such as synchronization, guard and ramp times,and other control signals are not included in our time slot.Therefore, we ignore this overhead in our analysis.Block Adaptation-Channel Estimation and InterpolationIn this section, we describe the channel estimation proce-dure which is performed for each diversity branch. We omitthe branch index to simplify notation. To estimate the chan-nel impulse response (CIR), block adaptation using a knowntraining sequence is employed [2]. This technique is opti-mum under the assumption that the CIR is �xed during thetraining period. In our system, the overall CIR length, Nc, is�xed to six symbol periods of which �ve symbol periods aredue to transmit and receive �lter impulse responses, and onesymbol period is due to the actual CIR of the CMR channel.The training sequence is 15 symbols long as suggested in [2].During a training sequence, the overall CIR estimate,h, is obtained from the Block Least Squares (BLS) so-lution described in [2]. The channel estimate is time-varying and changes during the data frame. After train-ing, block-adaptive strategy computes the time-varying CIRby interpolating a set of estimated CIR values [2]. Therelative positions of the estimated and interpolated CIRsamples within the TDMA time slot are illustrated inFig 3.
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i.e., for the maximum Doppler frequency of fdm = 100 Hzand symbol rate of 1T = 24 ksps, the required frame lengthshould be � = Nt +Nd � 120 symbols.This block adaptation strategy was previously published[2], but its utilization in the receiver structure is new as de-scribed below. Receiver StructuresWe used interpolated CIR estimates, ĥl, from eachof the L diversity channels to compute the receiver pa-rameters yielding the optimum performance in the MMSEsense. The optimal receivers are derived under the as-sumption that the channel response hl(t) can be esti-mated perfectly, i.e., ĥl(t) is given by the actual responsehl(t).
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Figure 5: Optimum diversity combiner decision feedbackequalizer structureIt was shown in [7] that �rst step in the implementation ofthe optimum linear or decision feedback equalizer is to passthe received signal V (t) through a matched �lter associatedwith the lth diversity channel. The outputs of the matched�lters are then summed and processed using a symbol-spaceddecision structure. The optimal con�gurations are depictedin Figures 4 and 5 for the linear and the decision feedback
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...Figure 6: Fractionally spaced Matched Filter for the lth di-versity branchfor equalizers, respectively. Moreover, the tap coe�cients ofthese equalizers are derived as in [7]. In [7], known channelresponses are assumed. However, in the adaptive implemen-tation, channel responses need to be estimated to determineresponses of the matched �lters for each branch. We imple-mented these matched �lters as fractionally spaced (speci�-cally T=2 spaced), transversal �lters as seen in Figure 6. The�lter tap coe�cients are determined by the current channelestimates obtained as described in the previous subsection.The overall length of the matched �lter is six symbol periodswhich is the length of the CIR estimate.The computational complexity reduction of the newstructure results from employing a single equalizer followinga diversity combiner. Previously proposed adaptive receiversfeatured separate fractionally spaced equalizers associatedwith each diversity branch. Calculation of the equalizer co-e�cients is signi�cantly simpli�ed. The computational com-plexity is independent of the number of antenna elements asopposed to linear dependence in previous implementations[1, 2]. III Simulation ResultsThe CMR communication system is modeled with equiv-alent complex baseband signals and simulated through ex-tensive use of Monte Carlo approach. Optimum diversitycombiner linear equalizer with N = 5 taps is denoted as OD-CLE(5,0), and optimumdiversity combiner decision feedbackequalizer with Nf = 3 taps in the forward �lter and Nb = 2taps in the feedback �lter is denoted as ODCDFE(3,2).Numerical results illustrate several performance charac-teristics of the proposed receivers. System performance im-proves with more frequent CIR training while reducing thesystem throughput. For ODCLE(5,0) the average BER per-formance as a function of the normalized sampling rate, �f ,for di�erent values of the maximumDoppler frequency is il-lustrated in Figure 7 for the case of SNR = 20 dB and L = 1.We see from this �gure that the average BER monotonicallydecreases for increasing values of �f for high Doppler frequen-cies. However, when DFE is used instead of LE, we observethe decreasing BER for all Doppler frequencies as seen inFigure 7 for ODCDFE(3,2). DFE is superior to LE for allDoppler shifts since DFE is more appropriate for channelswith spectral nulls and it does not su�er from noise enhance-ment.The average BER performance as a function of the nor-
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Figure 7: Average BER as a function of normalized sam-pling rate, �f , and the maximum Doppler frequency, fdm forODCLE(5,0) and ODCDFE(3,2)malized sampling rate, �f , for the number of diversity chan-nels, L, is illustrated in Figure 8 for the case of SNR = 20dB and the maximum Doppler frequency, fdm = 100 Hz.It can be seen from the �gure that the system performanceimproves with increasing �f and L. However, for all diver-sity cases, the system performance at the Nyquist samplingrate (i.e., �f = 1) is low. This poor performance is causedby insu�ciently frequent training and by the severe aliasingdistortion due to the interpolation �lter which leads to poortracking of the fast fading channel at each diversity branch.The system performance gains tend to 
atten out at highsampling rates. The average BER improvement in Figures 7and 8 is due to more frequent training as we increased thenormalized sampling rate, �f . The performance improvementwith increasing �f results in an overhead of reduced systemthroughput, %T (see Eq.3). Speci�cally, at �f = 1:0, thesystem throughput, %T , is 87:5% and the processing delay,Dt, is 15 ms while at �f = 3:0, %T is 62:5% and Dt is 5ms. Therefore, one can select the suitable normalized sam-pling rate by considering the trade-o� between the systemperformance and the throughput/delay requirements. Ourresults for various Doppler frequencies and the number ofdiversity channels show that a value of �f = 2:0 (i.e., twicethe Nyquist sampling rate), with an associated %T = 75%and Dt = 7:5 ms, is a reasonable design choice for our CMRcommunications system.Next, we discuss the system performance as a functionof the average channel SNR. The normalized sampling rateis chosen to be �f = 2:0 for the rest of the simulations. Theaverage BER performance as a function of the average chan-nel SNR for the number of diversity channels, L, and max-imum Doppler frequency, fdm, is illustrated in Figure 9 forODCLE(5,0) and ODCDFE(3,2). The high channel noiseis the dominant reason for the poor system performance atlow SNR values. Although the system performance improves
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Figure 8: Average BER as a function of normalized sam-pling rate, �f , and diversity for both ODCLE(5,0) and OD-CDFE(3,2) with SNR = 20 dB and fdm = 100 Hzwith increasing SNR, an irreducible BER was found to occurat high values of SNR� 20 dB. This is due to receiver limita-tions in estimation and tracking the rapid time variations inthe fading channel. The use of diversity channels improvesthe system performance. Although it does not eliminate theerror 
oor, it does reduce the level of the irreducible BER.Although in�nite number of equalizer taps is needed tocancel all ISI, we have to consider computational complex-ity involved in the calculation of the equalizer coe�cients.Therefore, we searched for optimum equalizer length for ourCMR communications system [1]. Our results indicate thatthe linear equalizer size of 5 symbol periods is optimum interms of cancelling ISI for L = 1. In addition, for diversitychannels, L = 2 and L = 4, there is only less than 2 dBdi�erence between the equalizer size of 5 and the in�nite tapequalizer. Therefore, considering the computational com-plexity involved in calculation of the equalizer coe�cients,the equalizer size of 5 symbol periods is a very good choicefor our optimum diversity combiner and equalizer structure.Moreover, the equalizer length of 1 means only diversity isemployed. We also note that when equalizer length is 1, thesystem performance is severely degraded [1]. Hence, it is nec-essary to use an equalizer in addition to diversity combiningto achieve good system performance.In [2], Lo et al. used a di�erent technique to calculatethe receiver coe�cients. Instead of using a matched �lterfor each diversity path, they used an individual fractionallyspaced feedforward �lter for each diversity path and one com-mon symbol spaced feedback �lter. The authors of [2] solvedmatrix equations with the order of (L�Nf+Nb)�(L�Nf+Nb)to calculate their DFE equalizer coe�cients, where Nf andNb are the number of forward and feedback taps respectively.Thus, the dimensions of the matrix depends on L. However,in our receiver structure, we solve matrix equations with theorder of N � N for the LE and (Nf + Nb) � (Nf + Nb) for
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Figure 9: Average BER as a function of channel SNR, diver-sity and Doppler fading for ODCLE(5,0) and ODCDFE(3,2)the DFE. For example, Lo et al. chose Nf = 3 and Nb = 2.For the diversity order of L = 4, they solved a 14� 14 ma-trix equation. However, with the same number of taps (thisnumber is also optimum for our system), we solve a 5�5 ma-trix equations regardless of diversity. Hence, computationalcomplexity involved in calculation of the optimum diversitycombiner and equalizer structure is considerably reduced asthe number of diversity channels increases. In Figure 10,the average BER performance as a function of the normal-ized sampling rate, �f , for di�erent values of the maximumDoppler frequency is illustrated for our ODCDFE(3,2) andLo's receiver for the case of SNR = 20 dB and L = 1. We seefrom the �gure that our receiver structure is slightly betterthan Lo's model for high maximumDoppler frequencies andthe normalized sampling rate less than 2, ( �f < 2). For lowDoppler frequencies and �f � 2, the receiver structures per-form almost identically. We also observe the similar e�ect aswe increase the number of diversity channels. The main rea-son for this improvement is the use of the fractionally spacedmatched �lter for each diversity branch. Since the matched�lter spans the whole CIR, we maximize the power of thecurrent symbol. IV ConclusionsA simpli�ed antenna diversity combiner-equalizer struc-ture was proposed and analyzed for CMR channel. This re-ceiver is preferable to previously proposed approaches whenCIR estimation rather than adaptive equalization is per-formed. Further research issues include "phase alignment"problem [11] which arises in CIR estimation for di�erentiallyencoded data and receiver design for systems with error con-trol coding. References[1] T. Eyce�oz, "Reduced Complexity Optimal DiversityCombining and Adaptive Equalization Using Interpo-lated Channel Estimates with Applications to Cellular
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