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ABSTRACT

Adverse environmental conditions cause a decrease of
performance in automatic speech recognition. To cope with
this problem, a real-time hardware module for robust
distortion-insensitive word recognition has been developed.
In addition, different coding algorithms for transmission and
dialog announcements have been implemented. Thus
complemented by appropriate speech processing software,
this general-purpose unit provides all flexibility needed for
the integration into systems like mobile telephone, voice-
activated control of subsets and information systems.

Keywords: real-time implementation, robust feature
extraction, background noise, neural net noise
reduction, dynamic normalization, template
adaptation

1. INTRODUCTION

Noise-robust voice processing systems are more and more
used across a wide range of industry sectors. In our previous
work [1], we compared various feature extraction methods
and suggested to use different processing models depending
on the particular type of distortion present in a certain
application environment. A small hardware module has
been developed for real-time evaluation of these algorithms.
It consists of only a few integrated circuits, including a DSP
and memory. The software has a modular structure that
allows for easy exchange and combination of the different
algorithms under investigation. All algorithms have been
implemented with regard to computation power of the CPU
and memory consumption. The software building blocks
include device drivers for analog or digital speech input, a
noise-robust start-fendpoint detector, several types of robust
feature extraction algorithms, active neural network based
noise reduction and a DTW-based isolated word recognition
module as well as several coding algorithms.

In a first step, the basic hardware architecture of the module
will be presented, followed by a description of the software
architecture and real-time aspects for the basic speech
processing functions, emphasizing implementation of noise-
robust feature extraction. A subsequent paragraph will cope
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with hard- and software integration and interfacing to
different application and test environments.

2. HARDWARE ARCHITECTURE

The generic speech processing module consists of three
main components, a high-performance fix point DSP with
additional external program and data memory (Figure 1).
This module can be integrated into different application
hardware environments or be used as stand-alone system.

Digital Data /0

F >!: . Program
Codec : ssi J— Memory

___________ _—I_ Data

Parallel Interface Memory

Microcontroller / Host Computer
Figure 1: Generic speech processing module

The DSP provides up to 30 Mips of computation power, an
on-chip sigma-delta AD/DA converter, 2k words of on-chip
program memory as well as 2k words of on-chip data
memory. One of two SSIs is used to interface to speech data
provided in digital form. The parallel host interface can be
connected to different kinds of host processors by mapping it
into the host processors memory. External memory is to be
designed application-dependent using combinations of
RAM, EPROM and FLASH EEPROM (refer to hardware
module applications). Due to the architecture of the real-
time speech processing software, it is not necessary to use
fast access memory. Access time of 100 ns or 80 ns is
sufficient for most applications. The minimum size
recommended for external memory is 64k words of data
memory and 64k words of program memory, corresponding
to the number of address lines available for direct
addressing. Due to the possibility to boot the DSP via the
parallel interface by the host, both types of memory can be
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realised as static RAM. This minimum configuration, uses 2
* 1 Mbit SRAM shared for external program and data
memory. The features offered are up to 70 words speaker-
dependent voice recognition or up to 20 words for speaker-
independent recognition, as well as some short voice
prompts for user guidance, coded in 13.6 kbit/s format. The
interfacing to enhanced external memory (eg. FLASH
EEPROM for message recording applications) is realized by
the second on-chip SSI as general output port for memory

paging.

3. SOFTWARE ARCHITECTURE

The software of the generic speech processing module is
separated into the real-time speech processing software and
the application-related software (Figure 2). The speech
processing software offers a set of voice recognition and
recording/playback functions. They are independent from
the application environment and external memory
configuration, and can be linked to application-related
software. Application level software is responsible to provide
device-dependent data I/O drivers, memory drivers as well
as host communication software and is controlled by the
application manager. The application manager contains a
command interpreter providing access to a set of functions
necessary for realization of various voice processing systems
by a host. For dedicated applications without host system,
typical host functions may be integrated on the DSP by
adding application-level software.
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Figure 2: General software architecture

4, REAL-TIME VOICE RECOGNITION
SOFTWARE

The word recognition software implemented on the generic
hardware module consists of a front-end for noise-robust
feature generation and an optimized implementation of a
DTW-based pattern matching module. Due to the limited
size of on-chip memory, the complete software is located in
the slow external memory. However, time critical parts of
the software are copied into fast internal program memory
for maximum performance at runtime.
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The feature extraction module consists of several building
blocks (Figure 3), which may be combined dependent on the
environment by runtime parameters. This allows for
customizing the front-end analysis by application-level
software as well as optimization, dependent on the
environmental conditions. To enhance flexibility, the voice-
data interface mechanism of the feature extraction module is
totally device independent. This allows for support of
various hard- and software devices without modifying the
module itself, by providing device dependent I/O drivers
from application software.
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Figure 3: Building blocks of feature extraction module

The calculation of feature vectors is based on time frames of
30 ms with an overlap of 10 ms, using a sampling rate of 8
kHz. First, ten lpc-cepstrum coefficients are calculated for
each frame. A number of nonspeech frames is saved in
addition to the lpc-cepstrum coefficients of the actnally
detected word to provide context for the calculation of the
time derivatives. Two different algorithms are available for
start-/endpoint detection for comparison of their noise
robusmess.

The incoming waveform signal of the detected word can be
saved in parallel to generate lpc-cepstrum coefficients. For
evaluation and test purposes, storage of original input
samples is useful. To provide acoustical feedback of
recognition results in real applications, encoding to 13.6
kbit/s can be selected.

According to Hanson and Applebaum [2], the derivatives of
subsequent feature vectors are necessary for robust
recognition in degraded environment. The time derivatives
are created, using a regression method with a window length
of 3 segments corresponding to 60 ms. Dependent on
runtime parameters and the SNR the creation of feature
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vectors is to be completed by dynamic normalization and
quantization of the coefficients to 4 bit. Optionally noise
reduction is to be used to improve the feature vectors for
recognition.

The implemented noise reduction module is a fixed point
version of the neural noise reduction method reported in [3].
The implementation of the network topology contains some
flexibility with respect to the number of nodes in each layer.
The configuration is loaded during a setup procedure from
the host or from the EPROM. Thus a subset or all 20
coefficients of the noisy feature vector are mapped to the
noise-reduced vector with 10 or 20 coefficients. The number
of output coefficients can be different from the selected
number of input coefficients.

In order to evaluate an optimum network in terms of
recognition accuracy and real-time performance, the neural
network is implemented twice, using different activation
functions.

The first implementation is a three-layer network (Figure 4)
with sigmoid activation functions, corresponding directly to
the network reported in [4].

noise-reduced output vector

derivatives

past present future
noisy input vector

Figure 4: Three layer noise reduction neural network

To cope with memory constraints in some applications, a
second, very fast and less memory-consuming version was
realized. The neural network in principle is reduced to a
matrix multiplication by the implementation as a two-layer
network containing only input and output layer and using a
linear activation function.

The dynamic normalization is based on a normalization
scheme similar to the one used by Atal [5]. Each coefficient
of a feature vector is normalized by first subtracting its
average value, computed from the actual analyzed word and
second by scaling these values with the standard deviation of
long-term  speaker-independent  statistics of speech.
Calculating the average value within the actual word instead
of using values from a long-term statistic, allows for
compensation of local deviations from long-term statistic.
This deviations from long-term statistic may be speaker-
dependent and caused by distortions like background noise
as well as the Lombard effect.
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For generation of reference templates in the training mode,
the application software can select to save either 10 or 20
coefficient vectors as reference templates in memory for
recognition. This allows to take into account the hardware
system environment in terms of memory size and transfer
speed for upload download functions to the host.

The implementation of the pattern matching algorithm is
designed to match either 10 or 20 coefficients of the
unknown feature vectors, dependent of the kind of reference
templates in the memory. The number of coefficients to be
matched is determined antomatically by the type of reference
templates, however, if there are 20 coefficients available in
memory, it is possible to select the number of coefficients to
be matched by runtime parameters for evaluation purposes.
Thus it is possible to find out which (sub)set of coefficients,
20 coefficients, 10 original coefficients (noise reduced or
not) or 10 time derivatives (noise reduced or not), performs
best in different environments. Dependent on this evaluation
we can select the set of coefficients to be matched dependent
of environmental conditions at runtime in a final application
system.

In addition to the algorithms for the generation of noise
robust feature vectors mentioned above, continuous template
adaptation [6] for 10 and 20 coefficient vectors has been
implemented to improve overall recognition performance of
the word recognizer. Templates may be adapted to different
situations and noise scenarios by updating original reference
patterns after every successful recognition. A new reference
template is calculated from the weighted sum of the
recognized reference template and the actual test pattern. In
this way, it is possible to incorporate information about
different variations of noise and Lombard speech in the
reference  templates, thus improving recognition
performance in changing situations. :

5. APPLICATION SYSTEMS

The basic hardware module described in section 2 was
integrated into application systems using different
configurations in terms of size and type of external memory.

5.1 PC - AT BUS - BOARD

For evaluation purposes and rapid prototyping of voice
based human machine interfaces, the minimum
configuration module, using 2*1 Mbit SRAM was integrated
on a PC board, providing glue logic for the parallel interface
to the AT bus. Software drivers are available for PC/DSP
communication allowing the use of speech processing
functions under control of the host as well as up- and
download of program and data.

Voice data input/output can be provided by

microphone/loudspeaker, analog line interface or serial
digital interface.
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An evaluation and demonstration system based on this
configuration allows real-time tests for the different variants
of feature extraction described in section 3, where the
configuration is selected via PC. To ease analysis,
information about voice input data like SNR, scores and
energy contour are visualized and a long term statistics
about the coefficients is generated which may be evaluated
off-line to improve variances in long-term statistic used for
normalization. To evaluate rejection strategy, the two top
candidates of pattern match are displayed with scores.

For realization of automated performance tests on different
data bases, drivers for interfacing to a SESAM workstation
are implemented on the PC. In contrast to the simulations
performed on feature extraction algorithms, this evaluation
system will show the performance of a complete word
recognition system using the algorithms described above,
including start-/fendpoint detection.

5.2 STAND ALONE SPEECH PROCESSING
MODULE

A stand alone version of the generic speech processing
module is mounted on a 2.5" by 3" printed circuit board.
External memory configuration is 2 * 1 Mbit SRAM,
representing two pages of data memory and a 4 Mbit
EPROM representing 4 pages of program memory. The
program memory contains program code as well as
application dependent voice prompts for user guidance,
coded in 13.6 kbit/s. Reference templates for up to 70 words
including acoustical feedback (13.6 kbit/s) are to be stored in
the data memory. Battery backup is available to avoid loss of
data in case of powerfail. Connectors are provided for the
parallel host interface, microphone and the loudspeaker as
well as the serial data interface.

The basic voice recognition functions are the same as in the
evaluation system, however somewhat limited in their
configuration capability by the host.

This module is currently used to realize voice control for a
surgical microscope by a German company [7]. It is
mounted on the microscope control hardware as a baby
board. Communication between microscope and speech
processing module is realized by parallel interface, the CPU
of the microscope tripod being the host. In this application
the module provides speaker dependent recognition for
activation of microscope functions and 13.6 kbit/s coded
voice prompts for acoustical user guidance.

Another application example, yet with enhanced data
memory, is the prototype of a voice-activated ISDN subset
including a digital telephone answering and recording
machine (TARM). This subset offers speaker-dependent
recognition for voice dialling. Speaker-independent
recognition is for handling of the TARM, the name directory
and for feature activation. Voice prompts are again realized
by the integrated 13.6 kbit/s coding algorithm. The use of
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this bitrate for the telephone answering and recording
machine allows to store up to 22 minutes of speech.

6. SUMMARY

A generic small sized voice processing module was
presented, offering a variety of applications in terminals as
well as in centralized systems. Due to the robustness of the
implemented word recognition method against adverse
acoustical conditions, the usage in telephony environment as
well as for mobile communication in office and car
environment is possible.
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