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ABSTRACT 

A blind frequency domain method for estimating the propa- 
gation delays of DS-CDMA signals is presented. The algo- 
rithm is formulated using an antenna array, and uses the fact 
that the spatially and temporally correlated additive noise, 
consisting of both interfering users and thermal noise, will 
be asymptotically uncorrelated on the FFT frequency grid. 
The algorithm is computationally simple, and can be effi- 
ciently implemented using the FFT algorithm. Simulations 
illustrate that near-far resistance can be achieved using spa- 
tial diversity. 

1. INTRODUCTION 

Direct-sequence code division multiple access (DS-CDMA) 
is widely considered to be a promising technology for fu- 
ture wireless communication networks. Due to the near-far 
problem for CDMA cellular systems in a multiuser environ- 
ment, there has lately been an increased interest in robust 
time-delay estimation and blind adaptive interference sup- 
pression (see [ l ]  and the many references therein). Near-far 
resistant estimators are of great importance in cases with- 
out closed loop power control schemes, as it is well lcnown 
that the standard detector becomes useless in cases where 
the power received from different users becomes unequal. 

This paper focuses on a novel method for eficiently com- 
puting an initial propagation delay estimate, to be used 
by, for instance, the Approximative Maximum Likelihood 
(AML) algorithm presented in [2]. The latter algorithm is 
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known to perform poorly for the acquisition problem, as the 
AML cost function is highly nonlinear with many local min- 
ima, but performs well for the tracking problem. Similarly, 
exploiting an accurate initial timing estimate can signifi- 
cantly simplify several of the algorithms in the recent lit- 
erature. One of the key aspects of the proposed technique is 
that it can be implemented using an arbitrary antenna array. 
It was shown in [3] that exploiting spatial diversity leads to 
substantial performance advantage for CDMA systems. Our 
simulations confirm this, and it is found that by the introduc- 
tion of spatial diversity, the estimator becomes increasingly 
near-far resistant. 

The presented algorithm only assumes knowledge of the 
spreading sequence of the desired user, and can be effi- 
ciently implemented using the FFT algorithm. The algo- 
rithm can easily be rewritten to handle the use of a known 
training sequence. 

2. PROBLEM FORMULATION 

The paper considers an asynchronous K-user DS-CDMA 
system operating over an additive white Gaussian noise 
channel. The modulation is assumed to be binary phase 
shift keying (BPSK), although the algorithm may be applied 
to any type of PSK modulation. The transmitted signal for 
the k:th user, s k ( t ) ,  is formed by spreading the k:th user's 
data stream, gk(m) E {+l, -l}, with the pulse shaping 
function, h(t), i.e., 
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where T, is the chip period. The data stream, gk(m),  is 
formed by modulating the k:th user’s bit information, b k ( n ) ,  
with the k:th user’s signature sequence Ck (n): 

N-1 

gk(m> = bk(n)ck(m - 7” ( 2 )  
n=O 

where the processing gain N is the ratio of the bit and chip 
periods, N = Tb/T,. The transmitter structure is illustrated 
in Figure 1. The pulse shaping modulation of the spread 

A 

Figure 1 : Transmitter structure 

data sequence is not, as is commonly the case (see, e.g., 
[ 1,2]), assumed to be a rectangular waveform, but is instead 
more realistically modeled as a known bandlimited signal 
(e.g., as in [4]). This bandwidth constraint is likely to be 
imposed on any commercial system. 

We consider a case with short spreading sequences. This 
means that C k ( n )  is periodic with period equal to the pro- 
cessing gain N. In Section 6 we outline how the proposed 
algorithm can be extended to long, or random, codes. 

We assume that the signals from the K users are received 
at an M-element antenna array in the presence of additive 
white Gaussian noise. It should be noted here that the use 
of an antenna array is not necessary for the formulation of 
the estimator. However, as we shall illustrate in Section 7, 
the introduction of an antenna array will make the estimator 
increasingly near-far resistant. 

At each antenna element, the received signal is passed 
through a filter matched to the pulse shaping function and 
sampled at the sampling interval Ti = T,/Q, where Q is an 
integer and referred to as the oversampling factor. The re- 
ceiver structure is depicted in Figure 2. The sampled signal, 

Ti 

Figure 2: Receiver structure 

y,(nTi), can then be written as 

Yt(nTi) = a k S k ( n T i  - Tk) + et(nTz), (3) 

for n = 0,. . . , L N Q  - 1, where L is the number of trans- 
mitted bits, ~k denotes the propagation delay, and a k  the 

M x 1 spatial signature of the antenna array for user k .  The 
additive noise sequence, et (n) ,  is the temporally and spa- 
tially correlated interference consisting of both the K - 1 
co-channel users and the additive thermal noise. 

The standard narrowband assumption is employed here; 
i.e., the propagation time of the signal across the array is 
assumed to be much less than the reciprocal of the signal 
bandwidth. To simplify the problem, we do not use an ex- 
plicit parameterization of the spatial response in terms of 
directions of arrival (DOA), but instead treat the elements 
of a k  as deterministic parameters to be estimated. This al- 
lows us to consider a cluster of coherent arrivals that share 
a given time delay, without the necessity of estimating the 
number of such arrivals nor their individual DOAs and am- 
plitudes. In addition, this assumption eliminates the need 
for an accurately calibrated array. 

3. PROPOSED ESTIMATOR 

The proposed algorithm for estimating Tk first converts the 
received signal into a sequence of vectors by dividing the 
signal into L - 1 overlapping blocks of length 2 N Q  (for 
n = 0 , . . .  , 2 N Q -  1 , a n d j  = 1 ,... , L -  1): 

~ i ( n )  = Yt(nTi + ( j  - 1)NQTi). (4) 

In this section, we derive the estimate of T k  for a single j ,  
and then show in the next section how to use the data in all 
L blocks. Let 

N - l  

p t ( t )  = C k ( m ) h ( t  - mTc) ( 5 )  
m=O 

denote the modulation of the spreading code for the k:th 
user. Each vector can then be seen as consisting of parts of 
three consecutive bits (see [ 1 J for a discussion concerning 
this vectorization): 

Y:(n) = akbk(j)Pt(nTi - n) 
+a&& - l)pt(nTi + Tb - ~ k )  

+ a&(j + l)pt(nTi - T b  - ~ k )  + ei(nTi) 
= a k b k  (j)pt(nTi - T k )  + w-2: (nTi) (6) 

where e; (nTi) is the j:th noise vector and wi (nTi) denotes 
the additive noise combined with the “interfering” bits (i.e., 
the previous and the following bits, j f 1). 

We then make use of the fact that the temporally cor- 
related noise sequence, wi (n) ,  will be asymptotically (for 
large NQ) uncorrelated on the EFT frequency grid (see, e.g., 
[ 5 ] ) .  Thus, using the time-shift property of the Fourier trans- 
form, we can approximately rewrite the received data in the 
frequency domain as 
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where Tk = O , . . .  , 2 N Q  - 1 ,  and p w ( l )  and wL(1) de- 
note the 1:th bin of the Fourier transform of pt(nT,) and 
w{ (nTi), respectively. According to [5], the additive noise 
wi(1) in the frequency domain will be (asymptotically) un- 
correlated in 1, Gaussian distributed, with variance ui,(1), 
where 

2 N Q  

oi(1) = 1 w i ( k ) e - m i l k / N Q  1. (8) 

In the following, .;(I) is assumed to be known, and in the 
numerical examples is estimated as the averaged PSD of the 
M different sensors' measured signal vector. As the k t h  
users signal energy will only contribute with about one K:th 
the measured energy (and even less in unfavorable near-far 
situations), this approximation will be reasonably accurate. 

We proceed with the derivation of the ML estimator for 
the j:th data vector, as written in (7), under the assumption 
that the additive noise in the frequency domain is Gaussian 
and spatially correlated, but uncorrelated in frequency. 

Assuming the spatial statistics of the interference are fre- 
quency independent, we define the spatial noise covariance 
matrix, QL, as 

k=l  

A QL = E [w~(Nw:(O)* ] 
= a%(l)Qw, (9) 

where (.)* denotes complex conjugate transpose. Let 8 = 
{ QW a k  Tk b k ( j )  } denote the unknown parame- 
ters. Also let 8 = { a k  Tk  b k ( j )  }. The negative 
log-likelihood function for 2NQ samples of data is easily 
shown to be, after eliminating multiplicative and additive 
constants, 

V 2 N Q ( @ )  = log IQLI + tr { Qi'C(8)) , (10) 

where I . I and tr {a} denote the determinant and the trace 
operation, respectively, and 

_. 2 N Q  

Using standard matrix calculus (see, e.g., [6]), the gradient 
of the criterion in (10) with respect to Qw is easily shown 
to be 

from which it is clear that the ML estimate of Qw is given 
by 

Qw = C(8). (14) 

When (14) is substituted into (lo),  the concentrated crite- 
rion 

vl,VQ(e) = log (c(e)I + M (15) 

results. 
Dropping the scaling by 2NQ,  we can rewrite (1 1) as 

c(e) = 

- - 

where (.)* denotes 
gated, 

[ 
P w  = [ 
v, = 

p w  = pwA112 
V, = diag(v,) 
Y: = [ yL(1)  . . .  y i ( 2 N Q )  ] 
*i = Y L A l f 2  

X = [ u i 2 ( 1 )  . . .  aZ2(2NQ)  ] 
A = diag(X), 

diag(v,) denotes a matrix with the vector v, along its diag- 
onal, and ( . )T  denotes the matrix transpose. Minimization 
of V 2 N Q ( 8 )  in (15) with respect to a k  yields 

and inserting (1 8) in (1  7) gives 

where 

It is worth noting that the cost criterion in ( 1  9) only depends 
on the propagation delay, not on the transmitted bit. This is 
a result of the fact that b k ( j ) b ; ( j )  = 1 in (19). 

By making use of the determinant rules 1.4BI = IAJfBI 
and (I + AB1 = )I + BA1 the concentrated criterion (15) 
can be expressed as 

V 2 N Q ( T k )  = log ( 1 - a * ( T k ) R , " a ( T k )  ) (20) 

where terms not depending on Tk have been dropped. Thus 

.ir, = a rgmax  a * ( r k > R ; l a ( - r k )  
Tk 

= argmax v:PjR.T1P3v, 
Tk 

= argmax Tk ~ ~ v ~ ~ j ~ ~ 1 / 2 ~ ~ 2 ,  (21) 
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where ( 1  . I( denotes the Euclidean norm, and 

pj = diag(p , )AYp 

= ( e M  (pw o x ) ) ~  o Y?, (22) 

where e,j4 = [ 1 1 1’ is M x 1, and where @de-  
notes the Schur-Hadamard product. 

Due to the presence of noise in (20), a* ( 7 k ) R ; ’ a ( 7 k )  < 
1 with probability one and the criterion is well defined (see 
also [7]). Since v, is a DFT vector, the maximum of the 
criterion in (21) is simply the maximum of the sum of M 
FFTs. Note that the computational complexity can be low- 
ered significantly by evaluating Rj as 

. . . 

Rj = (Yi 0 (eMX))  Y c .  (23) 

It is worth stressing again that the cost function in (19) 
is independent of the transmitted bit. This can also be seen 
from (2 1 ) which does not depend on bk  ( j ) .  

4. COMBINATION OF MULTIPLE BITS 

Clearly it is preferable to consider all the L N Q  x m samples 
in the estimation of r k  at the same time. This is possible if 
we know all the transmitted bits, as is the case when train- 
ing symbols are available. In this case, we form a block 
y i  (n)  which contains the (spread) training sequence, and 
apply the proposed algorithm on that block. The signal 
bk( j )pL(nT i )  will in this case span the entire training se- 
quence (with bk  ( j )  now denoting all the known training bits, 
and pt (nTi) the corresponding modulated codewords). 

Without knowledge of the transmitted signal, we propose 
an ad-hoc combining of the L - 1 data vectors in (7) by 
adding their respective “pseudospectras”, as formed in (2 I), 
prior to finding the maximum, i.e., 

5. COMPUTATIONAL COMPLEXITY 

The algorithm is found to be computationally simple, re- 
quiring roughly O ( L M N Q  log[NQ]) operations. This is to 
be compared with, for instance, the MUSIC algorithm pro- 
posed by Strom etal. [2] which requires about O(L[NQI2+ 
[NQI3) operations. Typically, the first L[NQI2, which are 
due to the computation of the sample covariance matrix, 
will form a significant part of the computational load, as 
the MUSIC algorithm requires about L = 100 symbols to 
give an accurate estimate of the covariance matrix. See Sec- 
tion 7 for a study of how the number of symbols affect the 
estimation accuracy for the proposed algorithm. 

6. EXTENSION TO LONG CODES 

The main idea of the proposed algorithm is that the block 
yi (n) defined in (4) must contain a signal, whose Fourier 
transform is known up to a complex constant. With short 
codes, this is easy to accomplish: any block of length 2Tb 
will contain a period of the code sequence. With long codes, 
this is not the case; the spreading code varies from symbol 
to symbol. Since we are not synchronized, we do not know 
which part of the signature sequence is used to spread the 
current symbol. 

A solution to this problem is to increase the length of the 
block yq(n) ,  so that we are sure it contains a given part 
of the long spreading code. For instance, if we know that 
the signal from the transmitter arrives within a period of 
10 symbols, we form blocks of length 10Tb and apply the 
algorithm described in Section 3. Since the blocks are over- 
lapping, the number of blocks will only decrease slightly. 

With this trick, the algorithm can be applied in a system 
employing long codes. The extension of the blocks will 
cause a higher noise level: the variance of the term wi (nTi) 
will increase. In practice, long codes are preferred due to the 
inherent interference averaging they provide, which is also 
advantageous for the proposed algorithm. 

7. NUMERICAL RESULTS 

To evaluate the proposed algorithm, Monte Carlo simula- 
tions were performed. The simulated system was a 10-user 
scenario with N = 31 chips per bit and T, = 1 Gold code 
sequences. The measured data was sampled Q = 3 times 
per chip. The desired user’s signal is assumed to be imping- 
ing on the array from broadside with a (randomly chosen) 
time-delay of 7 k  = 3.951Tc, whereas the other users have 
random DOAs and time-delays. The carrier power for the 
desired user is assumed to be one, Po = 1, while all the in- 
terfering users have the same received power, Pk = PI ,  for 
IC = 1, . . . , K - 1. The Near-Far-Ratio (NFR) is defined as 
NFR = PI /Po. In the figures presented below, we illustrate 
the probability of a correct acquisition, i.e., the probability 
that the estimate is within a half sample of the true value. A 
total of 500 Monte Carlo runs were done for each simula- 
tion. 

Figure 3 shows the estimator’s code acquisition proba- 
bility as the signal-to-noise ratio (SNR) and the number 
of transmitted symbols, L, varies. We see that with only 
L = 10 symbols, the propagation delay can be reliably esti- 
mated using three sensors in over 95% of the cases for SNR 
2 0 dB. As seen in Figure 4, spatial diversity can be used 
to give near-far resistance. The figure shows the probabil- 
ity of a correct acquisition as the NFR, and the number of 
antennas, M ,  varies. 

As was mentioned in section 4, the algorithm can be im- 
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Figure 3: Probability of correct acquisition; NFR = 1, Ad = 
3 sensors. 
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Figure 4: Probability of correct acquisition; L = 20 sym- 
bols, SNR = 10 dB. 

plemented using training sequences. In the following ex- 
ample we examine the code acquisition probability for a 18 
symbol training sequence. The symbol synchronization of 
the training sequence is assumed to be known, i.e., the k:th 
users time-delay is known within one symbol period. 

Figure 5 shows the estimator’s code acquisition proba- 
bility as the NFR and the number of antennas varies. As 
can be seen by comparing Figure 4 and Figure 5 ,  the use of 
the training sequence improves the estimator’s performance, 
but interestingly not by much. 

I ’  I 

NFR=lO 

/ - - >  

0 5 10 15 20 25 
M 

Figure 5: Probability of correct acquisition for a known 18 
symbols long training sequence; L = 20 symbols, SNR = 
10 dB. 
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