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Abstract—For many recognition systems, the feature extraction 
unit forms the most computationally intensive and power 
consuming component. In this paper, we present a design of an 
analog-to-information converter that directly produces a pulse-
encoded representation of linear predictive coded (LPC) 
features corresponding to an input analog signal. At the core of 
proposed design is a sigma-delta modulation procedure that is 
embedded within a learning step. Measured results from a 
fabricated prototype in a 0.5µm CMOS technology demonstrate 
the real-time functionality of the learner in extracting 6-
dimensional online LPC features from input speech signal while 
consuming only 450 µW.  

I. INTRODUCTION  
With the proliferation of portable devices there has been an 
increasing demand for embedded recognition systems [1]. 
Examples include miniature speech recognition systems that 
can be integrated into cellular phones, watches and can be 
used for identifying speech patterns or speakers of interest. A 
typical digital based recognition system (shown in Fig. 1) 
consists of a sigma-delta analog-to-digital converter to 
digitally encode the input analog signal. A feature extraction 
unit (typically implemented on DSP) then extracts 
discriminatory features which are then processed by a backend 
classifier. It is well known that the ADC and the feature-
extraction unit forms the most computationally intensive 
component and hence most energy consuming module in a 
recognition system which has motivated design of fully analog 
speech recognition frontends [2][3][4]. Most of these efforts 
have been partially successful primarily because: (a) the 
interface between the feature extraction module and 
classification module can not be properly calibrated due to 
mismatch between simulation and testing conditions; (b) the 
precision required by feature extraction module to extract 
discriminatory features can not be completely realized by 
simple analog circuits.  An alternative solution proposed in 
this paper is called “analog-to-feature” converter (shown in 
Fig. 1(b)) combines sigma-delta conversion and feature 
extraction within a single module. As a result the proposed 
architecture avoids the intermediate data conversion step and 
directly produces digitally encoded features corresponding to 

the online linear-predictive coding (LPC) of the input analog 
signal. LPC features have been widely used in speech 
processing applications which include compression, 
recognition and verification [5][6]. As shown in Fig. 1(b), the 
proposed sigma-delta LPC converter also produces a metric 
signal that can be used to determine the quality of the feature 
extraction procedure. 

 
   (a) 

 
   (b) 

Fig. 1. (a) Architecture of a conventional recognition system and (b) 
Architecture of the proposed recognition system that combines sigma-delta 
conversion and feature extraction within the same module. 

The paper is organized as follows: Section II presents an 
overview of the sigma-delta LPC algorithm. Section III 
describes a circuit level implementation of the sigma-delta 
LPC converter and section IV presents measured results from 
a fabricated prototype. Section V concludes the paper with 
some final remarks.  

II. SIGMA-DELTA ANALOG-TO-LPC CONVERSION 
Linear predictive features are obtained by performing a linear 
regression over a frame of speech signal where a sample of 
speech is predicted based on its past samples. In the frequency 
domain, this regression has been shown to be equivalent to 
modeling the signal spectrum using an all-pole filter.
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quality of the analog-to-LPC conversion. A National 
Instruments (NI) data acquisition card was used for 
generating the bias signals and the signal used as an input 
to the chip.  

For the first set of experiments, the outputs of the delay-
chain in Fig. 2 were bypassed and were driven directly by 
the NI card. All the delayed inputs xn-p were set to a 
constant DC potential. The input to the chip xn was set to a 
different potential. Fig. 6 shows the moving average 
(window size of 256 samples) of the modulator output qn 
when different input dimensions are enabled. The measured 
result show that the average modulator output converges to 
zero, which according to equation (8) demonstrates that the 
prototype can reliably compute LPC coefficients. It can 
also be seen from Fig. 6 that when the number of 
dimensions increase, the rate of convergence also increases. 
This is because the mixed-signal architecture exploits the 
inherent parallelism of the LPC computation. 

 
Fig. 6. Measured moving average of the modulator output (for different 
output dimension) showing the prototype accurately computes the LPC 
features. 

For the next set of experiment, a 130ms speech sample 
from the YOHO corpus was played back using the NI card 
at a sampling rate of 8KHz (shown in Fig.7(a)). The 
prototype was clocked at rate of 250 KHz and the resulting 
pulse-density LPC output was recorded using the FPGA. 
The pulse-density features were then filtered using a sinc2 
filter and the resulting analog output were plotted as an 
image plot as shown in Fig. 7(b). In Fig. 7(b), red indicates 
a higher value compared to blue. Also, it can be seen in 
Fig. 7(b) that the LPC features can track the spectral 
change in the formants as can be seen in Fig. 7(a).  

V. CONCLUSIONS 
In this paper, we have presented algorithm, architecture and 
hardware implementation of a sigma-delta analog-to-LPC 
converter. The converter integrates analog-to-digital 
conversion and speech feature extraction within a single 
module, thus obviating the intermediate digital encoding 
procedure. The pulse-encoded output produced by the 
converter readily simplifies the implementation of the 
backend classifier. 

 
                                               (b) 

Fig. 7. (a) Speech sample presented as input to the sigma-delta LPC 
prototype; (b) Filtered 6-dimensional LPC output produced by the 
prototype. 
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