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Abstract. Burg's method of maximum entropy spectral analysis is used to analyse voiced speech signal and its performance is 
compared with that of the autocorrelation and covariance methods of linear prediction using the following three criteria: (1) 
normalized total-squared linear prediction error, (2) error in estimating the power spectrum and (3) errors in estimating the first 
three formant frequencies and bandwidths. Results of pitch-synchronous and pitch-asynchronous analyses when applied to 
synthetic vowel signals are discussed. 

Zusammentassung. Das Verfahren yon Burg zur Spektralanalyse mit maximaler Entropie wird auf die Analyse stimmhafter 
Sprachsignale angewendet. In einer vergleichenden Untersuchung dieses Verfahrens sowie der linearen Pr~idiktion nach der 
Autokorrelations- bzw. der Kovarianzmethode werden die folgenden drei Kriterien verwendet: (1) der relative quadratische 
Pr~diktionsfehler, (2) der relative Fehler bei der Bestimmung des Leistungsspektrums, sowie (3) der relative Fehler bei der 
Bestimmung yon Frequenz und Bandbreite der ersten drei Formanten. Die Analyse erfolgt grundperiodensynchron und 
-asynchron fiir synthetische Vokale. 

Rrsumr. La mrthode de Burg. d'anal.vse spectrale par le maximum d'entropie, est utilisre pour analyser des signaux de parole 
voisre et ses performances sont comparres avec celles des mrthodes d'auto-corrrlation et de covariance de la prrdiction 
linraire suivant les 3 crit~res: (I) 6nergie de l'erreur de prrdiction normalisre, (2) erreur d'estimation du spectre. (3) erreur 
d'estimation des 3 premiers formants et de leur largeur de bande. Les rrsultats de l'analyse s.vnchrone ou non avec la prriode 
fondamentale sont discutrs dans le cas de voyelles synth&iques. 

Keywords. Voiced speech, maximum entropy spectral analysis, Burg's method, linear prediction, autocorrelation method, 
covariance method, formants. 

1. Introduction 

The maximum entropy method of spectral 
analysis is known for making high resolution spec- 
tral estimates especially for short analysis-seg- 
ments and has been found to be very useful for 
processing geophysical and sonar signals [1-3]. 
Van den Bos [4] has shown that maximum entropy 
spectral analysis is equivalent to least-squares 
fitting of an all-pole model to the available data. 
Since voiced speech is usually modeled as the 

output of an all-pole filter, the maximum entropy 
method of spectral analy'sis can be used to analyse 
the voiced speech signal. Burg [5] has given an 
efficient method for estimating the parameters of 
the all-pole model. (For details about this method, 
see references [2] and [6].) 

In the present paper, we shall use Burg's method 
of maximum entropy spectral analysis to analyse 
voiced speech and compare its performance with 
that of the autocorrelation and covariance 
methods of linear prediction. (For detailed treat- 
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ment of the autocorrelation and covariance 
methods of linear prediction, see references [7] 
and [8].) 

The error (Fie) in estimating the ith formant 
frequency is defined as 

F i e - ~ - F i - F  i 

2. Criteria for performance evaluation 

For evaluating the performance of the analysis 
methods, the following three criteria are used: 

(1) normalized total-squared linear prediction 
(LP) error, 

(2) error in estimating the power spectrum, and 
(3) errors in estimating the first three formant 

frequencies arid bandwidths. 
These three criteria indicate the effectiveness of 

the analysis methods in representing the speech 
signal in time and frequency domains and thus 
provide useful guidelines about the suitability of 
these methods in various speech processing appli- 
cations such as speech analysis-synthesis, 
automatic speech recognition and speaker recog- 
nition. 

The normalized total-squared LP error (Ep) is 
defined here as the total output energy of the 
linear-prediction-error filter divided by the total 
input energy and is given by 

x(n)+ ~ d k x ( n - k )  
n = M + l  k ~ l  

E p  ~-- N 

E {x(n)}Z 
n = M + l  

where F~ and F~ are the estimated and true 
frequencies, respectively, of the ith formant. 
Similarly, the error (BW~e) in estimating the 
bandwidth of the ith formant is defined as 

B W i e  = ] ~ W  i - -  B W i  

where t3W~ and BWi are the estimated and true 
bandwidths, respectively, of the ith formant. 

3. Results 

The performance of Burg's method is compared 
with that of the autocorrelation and covariance 
methods for both pitch-synchronous and pitch- 
asynchronous analyses and synthetic vowel signals 
are used for analysis. The reason for using 
synthetic signals is that the true values of spectral 
parameters are known a priori for such signals. 
This helps in making a more objective perfor- 
mance evaluation of the analysis methods. The 
synthetic vowel signal is generated here by driving 
an all-pole filter 

G / ( 1  M akz_k) H(z )  = + w 
k = l  

where 6k's are the coefficients of the estimated 
Mth order linear-prediction-error filter (J , (z)= 

-~'f ^ k 1+ .Yk=lakz- ) and x(n) is tile nth sample of the 
analysis segment of duration N. 

The error (Es) in estimating the power spectrum 
is defined as 

E s = 2 Tfo 1/2T [ l e ( f )  _ P(f)]/P(f)]  d f  

where T is the sampling period and/3(f) and P(f)  
are the estimated and true power spectra, respec- 
tively. 

by a periodic impulse train. Here, the gain G and 
filter coefficients {ak} are known a priori. The order 
of the linear predictor used in the analysis of the 
signal is taken to be the same as that of the all-pole 
filter used in the synthesis of the signal. When the 
autocorrelation method of Iinear prediction is used 
for analysis, the speech samples are weighted by a 
Hamming window function [9]; but no such 
windowing is carried out for the covariance and 
Burg's methods. 

In order to illustrate the results, we take, as an 
example, a synthetic signal of vowel /o /genera ted  
at 10 kHz sampling rate with 8 msec pitch period. 
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A 10-pole filter is used here for synthesis. ~ The 
true values of the various parameters  are: 

G = 0.1354, al = -  1,53527, 

a2 = 0.97789, a3 = - 1.48396, 

a~= 1.78023, a5 = - 0 . 7 1 7 0 4 ,  

a6  = 0.73514, a7 = - 0 . 7 6 3 4 8 ,  

as = - 0 . 1 2 1 3 5 ,  a9 = 0.15552, 

a l o =  0.178143, F 1 = 4 0 3  Hz, 

F2 = 834 Hz, F3 = 2645 Hz, 

BW~ = 53 Hz, BW2 = 97 Hz, 

B W  3 = 188 Hz. 

This synthetic signal is analysed in a pitch- 
synchronous manner  with predictor order M equal 

to 10. The speech sample with the maximum value 

in a pitch period is taken as the first sample of the 
analysis segment and the duration of the analysis 
segment is taken to be 0.8 times the pitch period 

(i.e., N = 64 samples). The errors Ep, Es, Fie, F2~, 

F3,, BWI~, BW2~ and B W 3 e  a r e  computed and 

In order to make the covariance matrix non-singular  
(which is necessary when the covariance method of linear 
prediction is used for analysis), some small amount  of noise 
(uniformly distributed between ± 0.005) is added to the driving 
process. 
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listed in Table 1. It can be seen from this table that 

the values of these errors for Burg's method are 
more than those for the autocorrelation and 

covariance methods, thus indicating the inferiority 

of this method in comparison .to the other two 
methods. Also, the formant bandwidths are 
seriously underest imated by Burg's method. This 

underestimation of bandwidth is more for nar- 
rower bandwidths (72.3% for the first formant 
bandwidth, 65.5% for the second formant  

bandwidth and 42.9% for the third for- 
mant bandwidth). These observations are also 
illustrated in Fig. 1 where the true spectrum of the 

synthetic vowel / o /  and its pitch-synchronous 

estimates are shown. The difference between the 

spectrum estimated using Burg's method and the 

true spectrum can be obviously seen here. 

For pitch-asynchronous analysis of the synthetic 

v o w e l / o / ,  the duration of the analysis-segment is 
taken to be 2.5 times the pitch period (i.e., N = 

200 samples). Four segments of the signal begin- 
ning at n = 0 ,  20, 40 and 60 (where n = 0 is the 
location of the maximum of the speech signal 

within a pitch period) are chosen for analysis. The 

e r r o r s  E p ,  E s ,  Fie. F2e, Fse. BW,e, B W 2 e  and BW3e 
are computed (with M = 10) for each of these seg- 
ments. The average values of these errors are 

shown in Table 1. Using these errors as the criteria, 

it can be seen from this table that the performance 

Table 1 

Normalized total-squared LP error (Ep), error in estimationg the power spectrum (Es) and errors in estimating the first three formant 
frequencies (F1~, F2e, F3,) and bandwidths (BWle, BWz,, BWse) for the synthetic v o w e l / o /  

Pi tch-synchronous analysis Pi tch-asynchronous analysis 

Error Burg 's  Auto.  Cova. Burg'8 Auto.  Cova. 
method ' method method method method method 

Ep 0.00312 0.00149 0.00002 0.02146 0.02146 0.02133 
E~ 0.81334 0.62440 0.31946 0.24354 0.25145 0.14764 
Fie (in Hz) 51.9 - 6 . 2  - 0 . 6  - 12.4 - 14.1 - 15.2 
F2, (in Hz) - 8 . 2  0.2 - 0 . 8  8.6 11.9 12.2 
F3~ (in Hz) - 104.0 17.1 2.6 - 4 . 0  0.6 - 0 . 4  
BWt¢ (in Hz) - 3 8 . 3  - 7 . 0  1.9 7.1 9.3 3.8 
BW2~ (in Hz) - 6 3 . 5  - 1 . 8  - 0 . 9  11.6 15.0 7.2 
BW3, (in Hz) - 8 0 . 6  13.7 4.2 8.2 5.6 - 1.6 
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Fig.  1. T r u e  s p e c t r u m  of  t he  s y n t h e t i c  v o w e l  / o /  a n d  its p i t c h - s y n c h r o n o u s  e s t i m a t e s .  

of Burg's method is comparable to that of the 
autocorrelation and covariance methods of linear 
prediction. 

A number of other synthetic vowels and voiced 
consonants ( / j / ,  / r / ,  / I /  and /w/)  are also 
analysed and similar results are obtained for both 
pitch-synchronous and pitch-asynchronous 
analyses. Burg's method is also tried out on a 
number of segments of vowels and voiced 
consonants from real speech. For these segments, 
the instant of glottal closure (which is taken here to 
be the location of the maximum of the speech 
signal within a pitch period) is used for synch- 
ronization. The performance of Burg's method for 
real speech is found to be similar to its per- 
formance for synthetic speech. However, no 
objective evaluation of the method could be done 
here for real speech because of the nonavailability 
of true values of the spectral parameters. 

4. Discussion and conclusion 

It has been shown in the preceding section that 
the performance of Burg's method is inferior to 
that of the autocorrelation and covariance 

methods for pitch-synchronous analysis and 
comparable to that of the other two methods for 
pitch-asynthronous analysis. This can be explained 
as follows. In Burg's method, the same prediction 

M - k  error filter ( A ( z ) - -  l + ~ k = l a k z  ) is run over the 
analysis segment in both the forward and back- 
ward directions and the average of the total- 
squared forward and backward prediction errors is 
minimized with respect to aM [2, 6]. This can be 
done only when the forward prediction error filter 
(which is obtained by minimizing the total-squared 
forward prediction error) works equally well when 
reversed and run backward in time [5]. This means 
that Burg's method can be expected to perform 
well only when the backward and forward output 
powers of the forward prediction error filter are 
nearly equal. For pitch-asynchronous analysis, the 
backward and forward output powers are of the 
same order (their ratio for the synthetic v o we l / o /  
is 1.01). This explains the satisfactory performance 
of Burg's method for pitch-asynchronous analysis• 
For pitch-synchronous analysis, the duration of 
the analysis segment is comparatively less and the 
first M samples of the analysis segment have larger 
magnitude than the last M samples. This makes 
the backward output power to be much larger than 
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the forward output power (the ratio of these two 
powers is 2.1 for the synthetic vowel /o/) .  This 
explains the poor performance of Burg's method 
for pitch-synchronous analysis. 

However, Burg's method has the distinct 
advantage that it always guarantees the stability of 
the estimated all-pole filter, even with finite 
wordlength computations. The autocorrelation 
method of linear prediction guarantees the stabil- 
ity of the all-pole filter only with floating-point 
computations; the covariance method of linear 
prediction does not guarantee stability even with 
floating-point computations. Computationally, 
Burg's method is approximately five times more 
expensive than the autocorrelation and covariance 
methods of linear prediction (the number of 
multiplications for the Burg's, autocorrelation and 
covariance methods are approximately 5MN, 

3 "~ MN + M  2 and MN +~M 3 +gM-, respectively 
[10]). 

Thus, if we consider the performance of the 
method, its computational cost and the stability of 
the estimated all-pole filter to decide the suitability 
of the method for the analysis of voiced speech, we 
can conclude that Burg's method is not suitable for 
pitch-synchronous analysis; it may be used for 
pitch-asynchronous analysis (specially when only 
finite wordlength arithmetic is available for 
computations). 
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