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ABSTRACT In this paper we show how Maximum Likelihood Sequence Estimation (MLSE) can be implemented in a Linear Periodic Time-Varying Multiple Access (LPTVMA) system. Assuming quasi-synchronous users, LPTVMA systems can be considered as Multi User Interference (MUI) free systems. Hence LPTVMA systems can be equalized. In multipath channels the equalization step uses a Zero Padding (ZP) technique. The equivalent channel to equalize is a zero-pad channel. For such zero-pad channels the MLSE can be efficiently implemented by using a parallel trellis Viterbi algorithm. The complexity of the MLSE can be further reduced because the padding zeros have known positions in the received signal. The proposed MLSE uses a periodic time-varying trellis. Thus the number of states of the MLSE can be reduced. The performances of LPTVMA systems using the proposed MLSE are evaluated by simulations. 1. INTRODUCTION



In our LPTVMA system, the ZP technique periodically introduces zeros into the emitted signal. Thus the use of MLSE is complicated since the constellation size of the emitted signal increases. For example, when the input signal is a BPSK signal, the use of the ZP technique adds the zero symbol to the existing constellation so that the resulting ZP signal belongs to a constellation with three symbols {−1, 0, +1}. The contribution of this paper is to show how to adapt the MLSE for such ZP signals. In our approach the knowledge of the padding zeros position will be used to reduce the number of states of the channel trellis. Thus the complexity of the MLSE can be reduced. The rest of the paper is organized as follows. In section 2 LPTVMA systems are described. Main system properties are also pointed out. Section 3 presents the ZP input signal construction. It is shown then that the proposed system is MUI-free. The adaptation of the MLSE to such ZP signals is presented. It is shown how the MLSE can be adapted for such ZP signals. Numerical simulations are presented in section 4. Section 5 gives some concluding remarks.



LPTVMA is a recently proposed multiple access technique 2. LPTVMA SYSTEM MODEL based on orthogonal LPTV filters [1]. The LPTVMA systems belong to the same class as Chip-Interleaved BlockThe proposed multiple access system is depicted in Fig. 1. Spread Code Division Multiple Access (CIBS-CDMA) sysj2π f1 n e (0) tems, already studied in the literature [2]. The LPTV filters (0) v u1 (n) 1 (n) channel [3] are realized by the serial concatenation of a modulator u1 (n) MI ZP ϕ (n) h1 (n) P + L, Q with a matrix interleaver. The input signal of the LPTV filter is some band limited signal. User orthogonality is obtained as in Frequency Division Multiple Access (FDMA) systems e j2π fm n (0) by modulating the input signals with carrier frequencies mul- u (n) (0) vm (n) m um (n) channel MI ∑ tiples of the spectral support of the input signals. The matrix ZP ϕ (n) hm (n) P + L, Q interleaver is the same for all users and is used to permute j2π fM n the samples of the modulated signal. Hence a spread spece(0) (0) trum multiple access system is obtained. With the spreading uM (n) v M (n) uM (n) channel MI operation, frequency diversity is obtained in our LPTVMA ZP ϕ (n) hM (n) P + L, Q system. In [4] a synchronization technique was developed for η (n′ ) e− j2π fm n such spread spectrum systems. By using a ZP technique, (0) x(0) (n) ym (k) MI −1 in [5] it has been shown how the effect of multipath chanϕ (n) Q, P + L nels can be mitigated. It has been also shown that, when the kNs users are quasi-synchronous, LPTVMA systems are MUIfree. Thus only equalization techniques need to be employed Figure 1: LPTVMA system model at the reception. The equivalent channel to equalize is a zeropad channel [6] with a high proportion of zero valued taps in The input signal for the m-th user um (n) is an upsampled the equivalent channel impulse response. The presence of signal with the upsampling factor Ns . The upsampled signal zero valued taps in the equivalent channel impulse response is then processed by a ZP block that adds zeros periodically. is a consequence of the use of the ZP technique and matrix inMore details on the ZP technique [2] will be given in the next terleavers. These zero-pad channels suggest the use of MLSE (0) section. The ZP signal, um (n), is shaped by a band limited based on parallel trellis Viterbi algorithm [6].



filter with impulse response ϕ (n). The superscript (0) denotes a ZP signal. The pulse shaped signal is modulated using a carrier frequency fm . User orthogonality is achieved as in FDMA systems by choosing carrier frequencies multiples of the spectral support of the input signal. The samples of the modulated signal are then permuted by a matrix interleaver [7] with P + L lines and Q columns, where P, Q are integer numbers and L is the time-discrete channel order. The use of matrix interleaver with these parameters is a consequence of the ZP technique. The matrix interleaver period is N = (P + L)Q. The matrix interleaver is the same for all users and is used to spread the input signal. The samples of the input signal are written into the matrix interleaver row-wise and read column-wise. The spreading operation realized with the matrix interleaver allows for frequency diversity in the proposed multiple access system. Thus, instead of having flat fading channels with low attenuations for some users, all users see frequency selective channels. In order to have a spread spectrum signal at the matrix interleaver output, the permuted samples must be as uncorrelated as possible. Hence the number of columns of the matrix interleaver, Q, must be chosen large enough. When the shaping filter is a Finite Impulse Response (FIR) filter, the number Q must be chosen higher or equal to the number of coefficients of the shaping filter. Thus, two adjacent samples at the matrix interleaver output are spaced out at the FIR shaping filter length. For example, using a BPSK modulated input signal with Ns = 16 samples per symbol, a Squared Raised Cosine (SRC) shaping filter (rolloff factor α = 0.5), and with a matrix interleaver with P + L = 27 lines and Q = 80 columns, the spreaded signal for one user is represented in Fig. 2. 0
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Figure 2: The pulse shaped signal before and after interleaving The interleaved signal is then passed through a time discrete channel, different for each user, with impulse response: L



hm (n) = ∑ hi δ (n − i) (m)
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are the chan-



nel coefficients and δ (n) is the Kronecker function. Without loss of generality we consider that all users share the same



channel order L. This assumption is possible in a quasisynchronous multiple access system, when user delays are sufficiently small to be absorbed in a common channel order L. The received signal is deinterleaved by a matrix interleaver with Q lines and P + L columns. After deinterleaving the received signal can be written as [5]: x(0) (n) =



M



L



∑ ∑ hi



(m) (0) vm (n − fi (n)) + η (n)



(2)



m=1 i=0



where η (n) is an interleaved version of η (n′ ), the white gaussian noise at the receiver input, and fi (n) are N-periodic functions, related to matrix interleaver and deinterleaver, and having the following expression: fi (n) = nN − π −1 (nN ) + i + +π



−1



(nN ) − iN − π (π



(3) −1



(nN ) − iN )



where nN is the remainder of the Euclidean division of n by N, n − nP+L π (nN ) = QnP+L + N (4) P+L and nN − nQ (5) π −1 (nN ) = (P + L)nQ + Q are the permutations that characterize the matrix interleaver and its inverse, respectively. After deinterleaving the signal is demodulated and filtered with a matched filter of impulse response ϕ (n). The output of the matched filter is then sampled with the sampling factor Ns . When a SRC filter is used as a shaping filter, it can be shown that the maximum number of users that can be accommodated is:   Ns Mmax = (6) 1+α where ⌊ ⌋ is the floor operator. So the maximal number of users depends on the number of samples per symbol Ns and the rolloff factor α . For example, using a number of samples per symbol Ns = 16 and with a rolloff factor α = 0.5, the maximal number of users is Mmax = 10. Following (2) it can be seen that each emitted signal (0) vm (n) is affected by a periodic time varying delay fi (n) (3). (0) The equivalent system with inputs vm (n) and output x(0) (n) could be seen as an LPTV filter [3]. Due to its time varying nature the recovery of the emitted signals is difficult. In order to cope the time-varying characteristic of the overall transmission chain a ZP technique is used. This issue will be addressed in the next section. 3. THE ZP SIGNAL CONSTRUCTION AND THE PERIODIC TIME-VARYING TRELLIS In this section the ZP technique used to cancel the timevarying nature of the equivalent LPTV filter (2) is described. Further, using the structure of the ZP signal, the MLSE will be adapted for ZP signals. In the ZP block the upsampled signal, um (n), is partitioned into N-sample frames. Each frame has Lsh + LQ zero



samples after the last nonzero symbol (Fig. 3), where Lsh is the order of the FIR shaping filter. The first Lsh zero samples will empty the shaping filter memory so that at the output of the shaping filter the signal has LQ zeros at the end of each N-sample frame. When each frame is permuted by the matrix interleaver, the last L lines of the matrix interleaver are always filled with zeros. This is a mandatory condition in order to cancel the time-varying nature of the equivalent LPTV filter (2) in L-order multipath channels [5].



a multiple of q samples apart. Such channels are referred as zero-pad channels [6], since, in the channel impulse response, there are q−1 zero-valued taps between two adjacent non-zero valued taps. For such zero-pad channels MLSE can be efficiently applied by using a parallel trellis Viterbi algorithm [6] (Fig. 4). 1 2
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Figure 4: The parallel trellis Viterbi algorithm represented as a structure of parallel MLSE for zero-pad channel equalization
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Figure 3: The LPTVMA frame at the input of the shaping filter (0)



Using the fact that the emitted signals, vm (n), are ZP signals, expression (2) becomes [5]: x(0) (n) =
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L
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(m) (0) vm (n − iQ) + η (n)
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m=1 i=0



So, the equivalent LPTV system (2) becomes a Linear Time Invariant (LTI) system (7). Further, since the users are separated in the frequency domain, the proposed multiple access system has no MUI. The system remains MUI-free while the users are quasisynchronous and can share the same channel order L. So, after the matched filter, the received sampled signal, (0) ym (k), can be written as:   (0) ym (k) = ϕ (k) ∗ e− j2π fm k x(0) (k) = L



=



The signal at the equalizer input ym (k) is serial to parallel converted into q streams. Since the samples in each parallel stream are spaced out q samples apart with respect to the original stream, the equivalent channel to be equalized by the MLSE has the impulse response given in (1). Thus the MLSE in each branch can work in parallel on the same trellis with a number of states greatly reduced. For example, if the equalizer ZP input signal belongs to a three symbols constellation {−1, 0, +1}, then the number of states of the trellis used in each branch is 3L (1), instead of 3Lq states (8). Further, since the samples on each branch are received q times slower than the original stream, the computational complexity of the MLSE using a parallel trellis Viterbi algorithm is almost the same as a classical MLSE using a trellis for the channel with impulse response (1). Note that the equalizer input, ym (k), is a ZP signal, where the zeros positions are known. Our idea is to use this knowledge in order to further reduce the number of trellis states. In order to have the same trellis on all branches with 2L states instead of 3L states, the ZP signal is constructed so that, after the serial to parallel conversion, the signal has the same frame structure in all branches (Fig. 5). Nsymb = (P − 1)q symbols
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For mathematical convenience, the number of columns of the matrix interleaver Q is chosen equal to an integer multiple of the sampling factor Ns : Q = qNs . The number of columns of the interleaver Q is chosen large enough to spread the emitted signal so that q > 1. Since there is no MUI and the channel to equalize is an LTI system (8), classical equalization techniques (decision feedback equalizers, MLSE) [8] can be used. Following (8) it should be noted that two delayed ver(0) sions of the same emitted signal, um (k), are spaced out
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Figure 5: The ZP signal frame structure before and after serial to parallel conversion Thus, the number of nonzero symbols in each LPTVMA
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Figure 6: Periodic time-varying trellis (one period) for a channel of order L = 2 and for BPSK modulated input symbols frame, Nsymb , is chosen so that: Nsymb = Pq + 1 −



Lsh + 1 Ns



(9)



Further, the order of shaping filter is chosen so that the following condition is satisfied: 1−



Lsh + 1 = −kq Ns



(10)



where k > 0 is an arbitrary chosen integer number. The number of nonzero symbols in each LPTVMA frame, Nsymb , is maximized when k = 1. So, when k = 1, the order of the shaping filter is: Lsh = (1 + q)Ns − 1



(11)



By setting Lsh to the value in (11), the received sampled (0) signal ym (k) (8) consists of L + 1 paths, in each path the signal having a frame structure with (P − 1)q nonzero symbols followed by (L+1)q zero symbols. So, after the serial to parallel conversion, the signal on each branch has P − 1 nonzero symbols followed by L + 1 zero symbols in each frame of P + L symbols (Fig. 5). Since in each branch of the structure presented in Fig. 4 the signal has a frame structure with zeros periodically inserted at the end of each frame, the MLSE used in each branch can work on a periodic time-varying trellis (Fig. 6). The construction of the periodic time-varying trellis is based on the fact that, due to the frame structure of the input signal with L + 1 zero symbols at the end of each frame, the trellis ends periodically in zero state. Since the zeros have known positions into the input signal, the number of states used to construct such trellis can be reduced. For the example considered in Fig. 6, instead of having a number of states 3L = 9 at each instant, we have in a frame duration, at the beginning of the frame a state number increasing from 1 to 2L = 4 states. In the frame duration the number of states remains constant at 4 states, and at the end of the frame the number of states decreases from 4 states to 1 state. So the MLSE complexity introduced by the presence of the zero symbols in the received signal is reduced by reducing the number of states of the trellis. In the next section it will be shown by simulation the performances of the LPTVMA system with the above proposed equalization technique. 4. SIMULATION RESULTS The multiple access system model used in simulations is depicted in Fig. 1. The number of samples per symbol is Ns = 16. The symbols belong to a BPSK constellation. The



frame structure of the ZP signal is defined by the parameters P = 25, Q = qNs = 80 and the channel order L. The shaping filter is a SRC FIR filter of order Lsh = 95 and rolloff factor α = 0.5. The number of users in the system is M = 10, which is, with the above choice for the system parameters, the maximum number of users (6). We consider propagation channels of order L = 3. The channel multipaths have Rayleigh distributed amplitudes. The channel is considered stationary for the transmission duration and 50 channel realizations are used for BER computation. The equalizer is an MLSE implemented by a parallel trellis Viterbi algorithm (Fig. 4) and uses the periodic time-varying trellis. The LPTVMA system performances are compared with the performances of the CIBS-CDMA system [2]. The CIBS-CDMA system uses orthogonal Walsh-Hadamard sequences instead of orthogonal carrier frequencies to achieve user orthogonality. In this case the period of the WalshHadamard sequence is Ns = 16 and is equal with the number of columns of the matrix interleaver Q = Ns . The maximum number of users is M = 16 . The same channels as for the LPTVMA system are used. The equalizer is an MLSE using the periodic time-varying trellis. First the users are assumed to be quasi-synchronous in both systems, so that the common channel order L includes users relative delays. Second the users are assumed asynchronous, with relative delays between users, expressed in number of sample/chip duration, uniformly distributed in the interval {0, 1, ..., N − 1}, where N is the matrix interleaver period. In this case the common channel order L cannot include user relative delays and MUI occurs. Comparisons are also carried out with respect to an FDMA system, since, in the LPTVMA system, matrix interleavers are used to spread an FDMA signal. In the FDMA system the channel seen by each user is considered flat fading so, at the reception, the equalization is simply realized by the division with the corresponding channel attenuation. Same parameters as for LPTVMA system are used. Simulations results for LPTVMA, CIBS-CDMA and FDMA systems are presented in Fig. 7. When the users are quasi-synchronous, the performances of the LPTVMA and CIBS-CDMA systems are very close. The CIBS-CDMA system has a slight advantage over the LPTVMA system, since in the LPTVMA system user orthogonality is not perfect and there is some spectral overlapping. When the users are asynchronous, the LPTVMA system still has good performances while the CIBS-CDMA system cannot cope with this scenario. This result could be explained by the fact that, in the LPTVMA system, user orthogonality is realized in the frequency domain and the MUI is still small even when users are asynchronous. For CIBSCDMA systems, since the common channel L order cannot include the users relative delays, user orthogonality, obtained
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Figure 7: The performances of the LPTVMA system compared to CIBS-CDMA and FDMA systems



through the use of Walsh-Hadamard sequences, is destroyed by the multipath propagation. This is the main advantage of the proposed system and hence the redundancy introduced by the use of the ZP technique could be reduced. The performances of the LPTVMA system are better than those obtained for a classical FDMA system due to the frequency diversity obtained through the use of matrix interleavers. In this case there is no difference between quasisynchronous and asynchronous users. 5. CONCLUSIONS In this paper we have shown how MLSE can be efficiently implemented for LPTVMA systems. It has been shown that, due to the presence of the ZP technique and matrix interleavers the equivalent channel to be equalized is a zero-pad channel. The zero-pad nature of the equivalent channel is also a consequence of the choice of the matrix interleavers. Thus a spread spectrum signal is obtained at the matrix interleaver output. MLSE can be efficiently implemented in zero-pad channels by using a parallel trellis Viterbi algorithm. If BPSK modulated input symbols are used, the complexity of the MLSE goes from 2L states to 3L states due to the presence of padding zeros in the received signal. The complexity of the MLSE can be reduced by using the fact that the padding zeros have known positions in the received signal. Hence a periodic time-varying trellis has been proposed. Simulations have shown that, with quasi-synchronous users, the LPTVMA system with the proposed MLSE has almost the same performances as the CIBS-CDMA system. When users are asynchronous and using only equalization techniques, the LPTVMA system exhibits much better performances than the CIBS-CDMA system. Comparisons with the FDMA system showed the effectiveness of the frequency diversity obtained through the use of matrix interleavers in the LPTVMA system. The principles presented in this paper for the periodic time-varying trellis construction could be applied for the MLSE of other communication systems (e.g. CIBS-CDMA systems) where known symbols are periodically inserted into



REFERENCES [1] W. Chauvet, B. Cristea, B. Lacaze, D. Roviras, and A. Duverdier, “Design of orthogonal LPTV filters: Application to spread spectrum multiple access,” in Proc. ICASSP, 2004. Montreal, Canada. [2] S. Zhou, G. B. Giannakis, and C. Le Martret, “Chipinterleaved block-spread code division multiple access,” IEEE Trans. Commun., vol. 50, pp. 235–248, Feb. 2002. [3] D. McLernon, “One-dimensional linear periodically time-varying structures: derivations, interrelationships and properties,” IEE Proceedings - Vision, Image & Signal Processing, vol. 149, Oct. 1999. [4] B. Cristea, B. Escrig, B. Lacaze, D. Roviras, and W. Chauvet, “Synchronization algorithm for LPTVbased spread spectrum signals,” in Proc. EUSIPCO, 2004. Vienna, Austria. [5] B. Cristea, D. Roviras, and B. Escrig, “Multipath effect mitigation in LPTV-based multiple access system,” in Proc. EUSIPCO, 2005. Antalya, Turkey. [6] N. C. McGinty, R. A. Kennedy, and P. Hoeher, “Parallel trellis Viterbi algorithm for sparse channels,” IEEE Commun. Lett., vol. 2, pp. 143–145, May 1998. [7] O. Y. Takeshita and D. J. Costello, Jr., “New deterministic interleaver designs for turbo codes,” IEEE Trans. Inform. Theory, vol. 46, pp. 1988–2006, Sept. 2000. [8] J. G. Proakis, Digital Communications. New York: McGraw-Hill, fourth ed., 2001.




























Maximum likelihood estimation-based denoising of ...













Blind Maximum Likelihood CFO Estimation for OFDM ... - IEEE Xplore













Maximum likelihood estimation of the multivariate normal mixture model













Maximum Likelihood Estimation of Random Coeffi cient Panel Data ...













CAM 3223 Penalized maximum-likelihood estimation ...













Maximum Likelihood Estimation of Discretely Sampled ...













Maximum-likelihood estimation of recent shared ...













Maximum-likelihood spatial spectrum estimation in ...













Blind Maximum Likelihood CFO Estimation for OFDM ...













Maximum likelihood: Extracting unbiased information ...













GAUSSIAN PSEUDO-MAXIMUM LIKELIHOOD ...













MAXIMUM LIKELIHOOD ADAPTATION OF ...













Fast maximum likelihood algorithm for localization of ...













Properties of the Maximum q-Likelihood Estimator for ...













Maximum likelihood training of subspaces for inverse ...













5 Maximum Likelihood Methods for Detecting Adaptive ...













Asymptotic Theory of Maximum Likelihood Estimator for ... - PSU ECON













Likelihood-based Data Squashing - Semantic Scholar













Maximum Likelihood Eigenspace and MLLR for ... - Semantic Scholar













Small Sample Bias Using Maximum Likelihood versus ...













Reward Augmented Maximum Likelihood for ... - Research at Google













Unifying Maximum Likelihood Approaches in Medical ...













A Novel Sub-optimum Maximum-Likelihood Modulation ...













Agreement Rate Initialized Maximum Likelihood Estimator















maximum likelihood sequence estimation based on ...






considered as Multi User Interference (MUI) free systems. ... eâˆ’j2Ï€ fmn. Ï•(n). kNs y. (0) m (k). Figure 1: LPTVMA system model. The input signal for the m-th user ... 






 Download PDF 



















 116KB Sizes
 1 Downloads
 221 Views








 Report























Recommend Documents













Maximum likelihood estimation-based denoising of ... 

Jul 26, 2011 - results based on the peak signal to noise ratio, structural similarity index matrix, ..... original FA map for the noisy and all denoising methods.




















Blind Maximum Likelihood CFO Estimation for OFDM ... - IEEE Xplore 

The authors are with the Department of Electrical and Computer En- gineering, National University of .... Finally, we fix. , and compare the two algorithms by ...




















Maximum likelihood estimation of the multivariate normal mixture model 

multivariate normal mixture model. âˆ—. Otilia Boldea. Jan R. Magnus. May 2008. Revision accepted May 15, 2009. Forthcoming in: Journal of the American ...




















Maximum Likelihood Estimation of Random Coeffi cient Panel Data ... 

in large parts due to the fact that classical estimation procedures are diffi cult to ... estimation of Swamy random coeffi cient panel data models feasible, but also ...




















CAM 3223 Penalized maximum-likelihood estimation ... 

IBM Thomas J. Watson Research Center, Yorktown Heights, NY 10598, USA. Received ..... If we call this vector c ...... 83â€“90. [34] M.V. Menon, H. Schneider, The spectrum of a nonlinear operator associated with a matrix, Linear Algebra Appl. 2.




















Maximum Likelihood Estimation of Discretely Sampled ... 

significant development in continuous-time field during the last decade has been the innovations in econometric theory and estimation techniques for models in ...




















Maximum-likelihood estimation of recent shared ... 

2011 21: 768-774 originally published online February 8, 2011. Genome Res. .... detects relationships as distant as twelfth-degree relatives (e.g., fifth cousins once removed) ..... 2009; http://www1.cs.columbia.edu/;gusev/germline/) inferred the ...




















Maximum-likelihood spatial spectrum estimation in ... 

gorithms for short acoustic arrays on mobile maneuverable platforms that avoid the ... PACS numbers: 43.60. ... c)Electronic address: [email protected]. 3 ...




















Blind Maximum Likelihood CFO Estimation for OFDM ... 

vious at low SNR. Manuscript received .... inevitably cause performance degradation especially at lower. SNR. In fact, the ML .... 9, no. 4, pp. 123â€“126, Apr. 2002.




















Maximum likelihood: Extracting unbiased information ... 

Jul 28, 2008 - Maximum likelihood: Extracting unbiased information from complex ... method on World Trade Web data, where we recover the empirical gross ...




















GAUSSIAN PSEUDO-MAXIMUM LIKELIHOOD ... 

is the indicator function; Î±(L) and Î²(L) are real polynomials of degrees p1 and p2, which ..... Then defining Î³k = E (ututâˆ’k), and henceforth writing cj = cj (Ï„), (2.9).




















MAXIMUM LIKELIHOOD ADAPTATION OF ... 

Index Termsâ€” robust speech recognition, histogram equaliza- tion, maximum likelihood .... positive definite and can be inverted. 2.4. ML adaptation with ...




















Fast maximum likelihood algorithm for localization of ... 

Feb 1, 2012 - 1Kellogg Honors College and Department of Mathematics and Statistics, .... through the degree of defocus. .... (Color online) Localization precision (standard devia- ... nia State University Program for Education and Research.




















Properties of the Maximum q-Likelihood Estimator for ... 

variables are discussed both by analytical methods and simulations. Keywords ..... It has been shown that the estimator proposed by Shioya is robust under data.




















Maximum likelihood training of subspaces for inverse ... 

LLT [1] and SPAM [2] models give improvements by restricting ... inverse covariances that both has good accuracy and is computa- .... a line. In each function optimization a special implementation of f(x + tv) and its derivative is .... 89 phones.




















5 Maximum Likelihood Methods for Detecting Adaptive ... 

â€œcontrol file.â€� The control file for codeml is called codeml.ctl and is read and modified by using a text editor. Options that do not apply to a particular analysis can be ..... The Ldh gene family is an important model system for molecular evolu




















Asymptotic Theory of Maximum Likelihood Estimator for ... - PSU ECON 

We repeat applying (A.8) and (A.9) for k âˆ’ 1 times, then we obtain that. Eâˆ£. âˆ£MT (Î¸1) âˆ’ MT (Î¸2)âˆ£. âˆ£ d. â‰¤ n. T2pqd+d/2 n. âˆ‘ i=1E( sup vâˆˆ[(iâˆ’1)âˆ†,iâˆ†] âˆ« v.




















Likelihood-based Data Squashing - Semantic Scholar 

Sep 28, 1999 - squashed dataset reproduce outputs from the same statistical analyses carried out on the original dataset. Likelihood-based data squashing ...




















Maximum Likelihood Eigenspace and MLLR for ... - Semantic Scholar 

Speech Technology Laboratory, Santa Barbara, California, USA. Abstractâ€“ A technique ... prior information helps in deriving constraints that reduce the number of ... Building good ... times more degrees of freedom than training of the speaker-.




















Small Sample Bias Using Maximum Likelihood versus ... 

Mar 12, 2004 - The search model is a good apparatus to analyze panel data .... wage should satisfy the following analytical closed form equation6 w* = b âˆ’.




















Reward Augmented Maximum Likelihood for ... - Research at Google 

employ several tricks to get a better estimate of the gradient of LRL [30]. ..... we exploit is that a divergence between any two domain objects can always be ...




















Unifying Maximum Likelihood Approaches in Medical ... 

priate to use information theoretical measures; from this group, mutual information (Maes ... Of course, to be meaningful, the transformation T needs to be defined ...




















A Novel Sub-optimum Maximum-Likelihood Modulation ... 

signal. Adaptive modulation is a method to increase the data capacity, throughput, and efficiency of wireless communication systems. In adaptive modulation, the ...




















Agreement Rate Initialized Maximum Likelihood Estimator 

classification in a brain-computer interface application show that. ARIMLE ..... variance matrix, and then uses them in (12) to compute the final estimates. There is ...


























×
Report maximum likelihood sequence estimation based on ...





Your name




Email




Reason
-Select Reason-
Pornographic
Defamatory
Illegal/Unlawful
Spam
Other Terms Of Service Violation
File a copyright complaint





Description















Close
Save changes















×
Sign In






Email




Password







 Remember Password 
Forgot Password?




Sign In



















Information

	About Us
	Privacy Policy
	Terms and Service
	Copyright
	Contact Us





Follow us

	

 Facebook


	

 Twitter


	

 Google Plus







Newsletter























Copyright © 2024 P.PDFKUL.COM. All rights reserved.
















