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Abstract
The purpose of this report is to investigate the potential application of voice recognition and
speech synthesis to a wearable computer for use by dismounted soldiers. A literature review was
conducted to identify the issues and capabilities of voice controls and displays for dismounted
infantry soldiers. Current applications of voice interfaces are identified including the Force XXI
modified Land Warrior user voice control system. Considerations regarding the appropriate use
of speech input and voice displays are discussed including use of speech as opposed to tonal or
visual displays, text-to-speech synthesis, types of speech displays and speech display
intelligibility. Factors influencing the effectiveness of speech input and voice control systems are
described including speaker dependence, word boundaries, vocabulary size, and system
performance. Environmental factors affecting speech recognition accuracy are discussed
including ambient noise, vibration, and operator stress. Finally, this report considers general
system design issues including speech input device activation and deactivation, multi-modal
displays and controls, feedback and error correction, vocabulary size and selection, robustness
to ambient noise, system size, microphone and headset design, compatibility with masks and
exclusion garments, training, and security issues.
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Résumé
L’objet du présent rapport est d’étudier l’application éventuelle de la reconnaissance vocale et de
la synthèse de la parole à un ordinateur vestimentaire destiné à être utilisé par les fantassins
débarqués. On a réalisé une analyse documentaire afin de relever les problèmes que posent les
systèmes de commande et d’affichage vocaux aux fantassins débarqués ainsi que les capacités
qu’ils leur offrent. On fait état des applications actuelles des interfaces vocales, y compris du
système à commande vocale du fantassin du 21e siècle. On évoque les aspects concernant
l’utilisation appropriée de l’entrée vocale et des systèmes d’affichage vocaux et notamment
l’usage de la parole par opposition aux tonalités et aux affichages visuels, la synthèse de la parole
à partir du texte, les types de systèmes d’affichage vocaux ainsi que l’intelligibilité de ces
derniers. On y décrit les facteurs qui ont une incidence sur l’efficacité des systèmes à entrée
vocale et à commande vocale, y compris la dépendance du locuteur, les frontières de mots, la
richesse lexicale ainsi que les performances du système. On discute également des facteurs
propres au milieu qui ont des répercussions sur le niveau d’exactitude en matière de
reconnaissance vocale, y compris les bruits ambiants, les vibrations et le stress de l’opérateur. Le
présent rapport s’intéresse enfin à des problèmes de conception de systèmes généraux au rang
desquels figurent l’activation et la désactivation des systèmes à entrée vocale, les systèmes de
commande et d’affichage combinés, la rétroaction et la correction des erreurs, la richesse lexicale
et la sélection du vocabulaire, la résistance aux bruits ambiants, la taille du système, la
conception des microphones et des casques, la compatibilité avec les masques et les vêtements
filtrants, la formation et les problèmes en matière de sécurité.
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Executive Summary
Continuous technology improvements over the years have now allowed speech to be considered
as a feasible input and output medium between soldiers and computers. Various studies have
been performed to investigate the application of voice displays and controls to many different
domains, but its application to future dismounted infantry operations is not well understood. The
suitability of employing a voice interface in dismounted infantry operations, and the associated
issues, will be evaluated as part of the Solder Information REQuirements Technology
Demonstration (SIREQ TD) project.
This technical report investigates the potential application of voice recognition and speech
synthesis to a wearable computer for a dismounted soldier to facilitate hands-busy, eyes-busy
control of equipment and personnel by voice. Through an extensive literature review, the issues
and capabilities of voice controls and displays are discussed. Current applications of voice
interfaces are identified including the Force XXI modified Land Warrior user voice control
system. Considerations regarding the appropriate use of speech output and voice displays are
discussed including use of speech as opposed to tonal or visual displays, text-to-speech synthesis,
types of speech displays, and speech display intelligibility. Factors influencing the effectiveness
of speech input and voice control systems are described including speaker dependence, word
boundaries, vocabulary size, and system performance. Environmental factors affecting automatic
speech recognition, along with issues in the design of a voice control and display system for the
soldier are also discussed. Current and future military applications of voice interfaces are noted
along with a discussion of the current commercial technology available to use for laboratory and
field testing.
This report concludes that although voice controls and displays can be an effective information
control and display interface for the dismounted soldier, their limitations and capabilities must be
taken into consideration. Voice displays are best used when the soldier is moving and the
operational conditions do not allow the use of a visual display. Speech presentation is best for
short, simple messages that do not need to be referred to later in time. Voice displays require a
text-to-speech synthesizer to produce the speech messages through phonemes or recorded text.
Users prefer when the synthesized voice is distinguishable from other human voices. Current
displays are usually menu or keyword driven, but as the technology improves, a natural language
interface is possible. Altering tones or cue words, preceding the voice message, can be used to
add additional information to a speech message. Speech displays are well suited to warnings,
prompts, feedback, and short responses to user queries. General design considerations for the
voice input/output system for the soldier’s computer are also discussed.
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Sommaire
Les améliorations technologiques continuelles apportées au fil des ans ont fait en sorte que la parole
constitue désormais un moyen d’entrée et de sortie envisageable entre les soldats et les ordinateurs.
Si plusieurs études ont été menées sur l’application des systèmes de commande et d’affichage
vocaux à de nombreux domaines différents, leur application aux opérations de l’infanterie
débarquée, dans l’avenir, n’est pas bien comprise. Dans le cadre du Projet de démonstration
technologique des besoins des soldats en matière d'information (SIREQ TD), on évaluera dans quelle
mesure il serait possible d’avoir recours à un système d’interface vocal pour les fins des opérations
de l’infanterie débarquée ainsi que les problèmes connexes que cela soulève.
Le présent rapport technique s’intéresse à l’application éventuelle de la reconnaissance vocale et de
la synthèse de la parole à un ordinateur vestimentaire destiné aux fantassins débarqués, l’objectif
étant de faciliter l’utilisation de l’équipement et la commande du personnel, par la voix, alors que
tant les mains que les yeux sont déjà occupés à d’autres tâches. On évoque les problèmes propres
aux systèmes de commande et d’affichage vocaux ainsi que leurs capacités, par le biais d’une
analyse documentaire approfondie. On fait état des applications actuelles des interfaces vocales, y
compris du système à commande vocale du fantassin du 21e siècle. Il est question de l’utilisation
appropriée de la sortie vocale et des systèmes d’affichage vocaux et notamment de l’usage de la
parole par opposition aux tonalités et aux affichages visuels, de la synthèse de la parole à partir du
texte, des types de systèmes d’affichage vocaux ainsi que de l’intelligibilité de ces derniers. On y
décrit les facteurs qui ont une incidence sur l’efficacité des systèmes à entrée vocale et à commande
vocale, y compris la dépendance du locuteur, les frontières de mots, la richesse lexicale ainsi que
les performances du système. On discute également des facteurs propres au milieu qui ont des
répercussions sur la reconnaissance vocale automatique ainsi que des problèmes liés à la conception
des systèmes de commande et d’affichage vocaux destinés aux soldats. On fait état des applications
militaires actuelles et futures des interfaces vocales, en plus de discuter des technologies
commerciales actuellement disponibles à des fins d’essai en laboratoire et sur le terrain.
Dans le rapport, on en vient à la conclusion que, bien que les systèmes de commande et d’affichage
vocaux puissent constituer une interface d’affichage et de commande de l’information efficace pour
les fantassins débarqués, il convient de tenir compte de leurs limites et de leurs capacités. Les
systèmes d’affichage vocaux s’avèrent particulièrement utiles lorsque les soldats se déplacent et que
les conditions opérationnelles ne permettent pas d’avoir recours à un système d’affichage visuel.
Les systèmes de synthèse de la parole conviennent particulièrement aux messages courts et simples
auxquels il n’est pas nécessaire de se référer ultérieurement. Les systèmes d’affichage vocaux
nécessitent un synthétiseur de la parole à partir du texte pour produire les messages vocaux en
s’appuyant sur des phonèmes ou du texte enregistré. Les utilisateurs préfèrent les systèmes qui
permettent de distinguer la voix synthétisée des autres voix humaines. Les systèmes d’affichage
actuels sont généralement pilotés par menus ou par mots clés, mais les progrès technologiques
permettent d’entrevoir le recours à une interface en langage naturel. On peut faire précéder le
message vocal de tonalités différentes ou de mots clés pour ajouter des renseignements
complémentaires à un message vocal. Les systèmes d’affichage vocaux conviennent bien aux
messages d’avertissement, aux invites, aux commentaires ainsi qu’aux réponses courtes aux
interrogations de l’utilisateur. On traite aussi des considérations générales en matière de conception
des systèmes vocaux d’entrée et de sortie destinés aux ordinateurs des soldats.
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1. Introduction
Continuous technology improvements over the years have now allowed speech to be considered
as an input and output medium between soldiers and computers. Since most humans
communicate with each other through speech, many consider speech as the most ‘natural’ form
of interaction with computers. Speech forms the base for a natural language interface, an
interface where the user can speak freely to the computer and receive a spoken response.
Additionally, voice interfaces can be used when one’s hands and eyes are busy or to reduce
visual workload. Unfortunately these advantages do come with limitations, such as poor speech
recognition accuracy, slow performance and constrained grammar and vocabulary. These
limitations can be mitigated through proper design of the computer interface for using voice in
soldier tasks and environments and may ultimately be overcome by the constantly improving
technology.
Voice recognition is currently being used in office environments, aids for persons with
disabilities, telephone customer service and sales, voice mail, air traffic control, commercial and
military airplane and helicopter cockpits, mobile phones, in-car systems, virtual reality, language
training and translation, military command and control and security access (speaker
identification).
This technical report investigates voice as an input and output modality for future dismounted
infantry operations. In these operations soldiers are trained and armed to fight on foot and so
cannot use conventional desktop input/output devices to control portable and wearable computers.
The suitability of employing a voice interface in dismounted infantry operations, and the
associated issues, need to be investigated as part of the Solder Information REQuirements
Technology Demonstrator (SIREQ TD) project. This project investigates the effects of
enhancing information capabilities in dismounted operations. This literature review will examine
a Natural Language Interface, that uses voice interfaces and verbal displays to input, send,
receive and display information, as a means of achieving an information exchange capability.
Current applications of voice interfaces relevant to the dismounted soldier will be discussed
followed by aspects and conditions of use for speech output and voice displays. Then the main
aspects of and environmental factors affecting automatic speech recognition are discussed along
with issues in the design of a voice control and display system for the soldier. Current and future
military capabilities of voice interfaces are noted along with a discussion of the current
commercial technology available to use for laboratory and field testing.
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2. Current Applications of Voice Interfaces
Various studies have been performed to investigate the application of voice displays and controls
to many different domains. Those domains with lessons transferable to the dismounted soldier
include wearable computing, maintenance and testing activities, robotics (cameras), air traffic
control and virtual reality. Various studies are ongoing to incorporate voice into wearable
computers (Farringdon & Oni, 1999; Furui, 2000; Sawhney & Schmandt, 1998; Stedmon et al.,
1999). Voice interfaces have been proposed for maintenance or testing activities to allow handsfree operation at stations or while mobile (Evans, Tjoland, & Allred, 2000; G. McMillan et al.,
1999). Bierschwale et al. (Bierschwale, Sampaio, Stuart, & Smith, 1989) also investigated voice
input for control of camera functions during a telerobotic task. In the Military domain, Haas et
al. tested automatic speech recognition for control of the radio while driving a tank in a noisy,
stressful environment (Haas, Shankle, Murray, Travers, & Wheeler, 2000). Speech controls
have also been investigated for use in military cockpits (Liggett, Ober, Williamson, & Reising,
1997; Nixon, Anderson et al., 1998), and helicopters (Churchill & Herdman, 2000) among
others. As the technology improved, voice input/output was considered for command and
control of military forces and equipment, especially when on-the-move (Ruppe & Tirabissi,
1992).
Based on visits and contacts with military organizations in the United States, Clifford Weinstein
describes many opportunities of military applications of human-machine communication by voice
(Weinstein, 1994). The Army could use voice communication for Command and Control on the
Move (C2OTM) for forward observer reports, translations for allies, situation awareness,
weapons system selection, repair and maintenance of equipment and multi-modal input/output in
mobile C2 vehicles. Voice controls could also be used for radios and other auxiliary systems in
helicopters. He also describes the overall concept of the Soldier’s Computer (Figure 1), an
Army Communications and Electronics Command program, which is very similar to the SIREQ
program. Voice is considered an important input medium in these programmes since carrying
and using a keyboard and other conventional input devices may be unsuitable for dismounted
infantry operations.
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Figure 1: The Soldier's Computer {Figure 3 from (Weinstein, 1994)}
Voice control was also initially proposed for the Force XXI Land Warrior project. The Motorola
Systems Solutions Group demonstrated spoken command capability to provide a nearly handsfree, eyes-free computer interface for the soldier’s computer. Recognition rates of just above
95% were obtained with environmental noise levels below 90 dB(C) (the level of hazardous
noise). For very high noise (95-105 dB(C)), recognition rates were lower. Problems occurred
with output commands with one syllable, five or more syllables or phonetic similarities.
Performance was also unsatisfactory during yelled or very loud speech. Additionally, the noise
cancelling microphone did not perform well in a substantial wind or when placed directly in front
of the mouth. Even with these problems, the modified Land Warrior user interface was rated
highly by the soldiers and they preferred the voice interaction to the manual command input.
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3. Speech Output and Voice Displays
3.1

Conditions of use for speech versus tonal or visual displays

Speech displays use the auditory channel and have been proposed to reduce the burden on the
soldier’s visual channel. Speech interfaces also allow operation of equipment when the soldier’s
hands and eyes are busy. The conditions of use must be considered when deciding whether to
use visual or auditory (speech and tonal) displays. Deatherage (Deatherage, 1972) summarizes
situations when auditory and visual presentation should be used (Table 1).
Table 1: When to use the auditory or visual presentation modality
Use auditory presentation if:

Use visual presentation if:

1. The message is simple.

1. The message is complex.

2. The message is short.

2. The message is long.

3. The message will not be referred to later.

3. The message will be referred to later.

4. The message deals with events in time

4. The message deals with location in space.

5. The message calls for immediate action.

5. The message does not call for immediate
action.

6. The visual system of the person is
overburdened.

6. The auditory system of the person is
overburdened.

7. The receiving location is too bright or darkadaptation integrity is necessary.

7. The receiving location is too noisy.

8. The person’s job requires him to move
about continually.

8. The person’s job allows him to remain in
one position.

Source: Deatherage (1972: Table 4-1)

Using simple and short auditory messages makes sense because of the human limitations of shortterm memory. If the message is long or needs to be referred to later, a “voice mail” feature for
the speech interface could be used to save and playback messages. This could be particularly
useful for higher-level officers such as Section or Platoon Commanders who would then be able
to save incoming messages and then attend to them when they have time available. Auditory
presentation is useful for warning signals that require immediate action since hearing is omni
directional and cannot be ignored as easily as visual displays. Speech interfaces must be used
carefully though since there is a tendency for auditory signals to pre-empt or disrupt simultaneous
presentation of visual information (Cook, Cranmer, Finan, Sapeluk, & Milton, 1997). Problems
could occur if the soldier needs to monitor a visual display or scene and keeps getting distracted
by auditory messages.
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Deatherage (Deatherage, 1972) also gives the following reasons for speech rather than tones in
auditory displays:
1. Flexibility.
2. Ability to identify a message source.
3. Listeners do not need special training, as is often required for tonally coded signals.
4. Rapid two-way exchange of information is necessary.
5. Messages deal with preparation for future events. (i.e. In the countdown to firing a
missile, tonal beeps could be miscounted.)
6. Situations of stress might cause the listener to “forget” the meaning of a code.
He also notes that tonal displays are preferable in situations where immediate action is desired or
with high noise levels where speech becomes intelligible. Coded auditory signals can also be
used to send a secure message. Tonal messages can also be used concurrently with speech
messages since most tonal signals can be heard through speech and vice versa.

3.2

Text-to-speech synthesis

Speech displays depend on a text-to-speech synthesizer to create the voice prompts. Most
commercial products can vary the gender, pitch, speech rate or accent of the speaker. Systems
can generate speech by joining segments of pre-recorded speech or generate speech based on
rules for converting letters to phonemes and phonemes to acoustic events (Kamm, 1994). The
former has a more human sound to the voice, but has a limited vocabulary unlike the latter which
has a theoretically infinite vocabulary. Cook also notes that human speech is easier to understand
than synthetic speech, but then users assume human intelligence behind the interface and
interactions may fail as a result (Cook, 1999). Some designers choose the less intelligible
synthetic speech so that users are fully aware that they are talking to a computer and not a live
person. Cook claims that current speech output systems lack prosody or emotional tone (Cook,
1999). Prosody adds additional meaning to the spoken text itself such as the urgency or
importance of a message or the mood of the speaker. Nass and Gong (Nass & Gong, 2000), on
the other hand, claim that both major methods of speech synthesis (concatenation and acoustic
modeling) are capable of expressing emotional tone.

3.3

Display types

Current speech displays tend to be menu-driven or keyword-driven. Menu-driven displays are
those commonly encountered with telephone interfaces where the user is presented with a choice
of options and they speak or press a button for their desired choice. They continue in this
structured fashion down the menu tree. Users must conform to the command structure, but this
is less of a problem for soldiers than for the general public since soldiers are generally
accustomed to speaking in a structured manner for radio calls. Alternatively, keyword-driven
displays allow a more flexible input of command statements of single words to multiple
sentences. Usually these displays use a more complicated “keyword spotting” algorithm to find
the key command words. Sometimes users have difficulty remembering the options and so
frequently a “What can I say?” command is included in the display, especially in the absence of a
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dual visual display. Future speech displays will have a natural language interface with
continuous unconstrained dialogue between the operator and the computer.
Of importance especially to natural language interfaces is talk-over or barge-in capabilities. This
allows the user to interrupt or begin speaking as soon as they understand the speaker’s request
and not wait until the speaker is finished speaking. For advanced users, this allows faster
interactions but could also create problems if there is important information in the latter part of
the message. Depending on the importance or time constraints of the task at hand, it will have to
be decided if this capability is enabled.
To add additional information to a speech message, altering tones or words can be used. These
can identify the message importance, source, type etc. Studies have been mixed as to whether
this improves or slows performance. In one study, an alerting tone preceding the voice message
increased response time, but an extra semantic word did not, but in a subsequent study tones used
exclusively for warnings improved detection of urgent messages without increasing response time
(Simpson et al., 1987). Simpson also notes that other studies of voice warning prefixes found no
difference in response time as a function the prefix type of a tone, neutral word or one of three
semantic cue words.

3.4

Measuring system performance

The most commonly used measure for speech displays is intelligibility. “Speech intelligibility is
the percentage of utterances correctly recognized by the listener from a set of utterances
presented under a given listening condition” (National Research Council, 1997). This is the
same measure as used for the intelligibility of person-to-person communication and thus can be
tested in the same manner with speech intelligibility tests such as the Modified Rhyme Test.
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4. Speech Input and Voice Controls
4.1

Main aspects of automatic speech recognition systems

Speech input and voice controls depend on automatic speech recognition (ASR) systems. There
are three main aspects when classifying ASR systems: speaker dependency, word boundaries and
vocabulary size. There are also different methods to measuring system performance.
4.1.1

Speaker dependence

Speaker dependence refers to “the extent to which the system must have data about the voice
characteristics of the particular human speaker(s) using it”(Simpson, McCauley, Roland, Ruth, &
Williges, 1987). Speaker-dependent systems recognize speech from the person who trained on
the system. Speaker-independent systems recognize speech from many speakers, not just those
who trained the system. There are also speaker adaptive systems that start with speaker
independent templates and then adapt those templates to the particular speaker over time.
Speaker dependent systems tend to perform better than speaker-independent systems, but a
significant amount of enrolment time is sometimes needed in order to train the system (can be up
to 4 repetitions per word) (Sanders & McCormick, 1993, p376). Speaker-independent systems
are less susceptible to large variations in speaking style and so can perform better in those
situations. Additionally for the dismounted soldier, if the voice system suddenly needs to be
operated by a different soldier due to injury or death, then a speaker-dependent system that
cannot switch persons would not be appropriate. Since speaker-independent algorithms require
more computing resources a balance needs to be achieved between system size and weight and
the number of persons who can use the system with what amount of training. Ongoing
developments in speech recognition software continue to expand the accuracy and power of
speaker-independent systems. This will likely cease to be an issue in the next five years.
4.1.2

Word boundaries

A second classification of ASR systems is word boundaries, which refers to the amount of time
that the speaker needs to place between words. In isolated-word systems, at least a 100 to 250
msec pause is needed between words to be recognized by the system. Connected-word systems
need a short pause between words (<100 msec) and no changes in intonation between words
(i.e. words must be read as if from a list). Continuous-speech systems require no break between
words and accept fluent and spontaneous speech. As the word boundary decreases, the required
system resources increase. The role of the voice control system should determine the word
boundaries. For example, if the soldier is using the voice control to give short commands to a
piece of his equipment (eg. radio or off-bore camera) then an isolated-word or connected-word
system would be appropriate. If the system is to record his verbal status report then a
continuous-speech system would be appropriate. As before, a balance must be achieved between
the technology and the task at hand.
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4.1.3

Vocabulary size

Vocabulary size is another classification of ASR systems. A small system typically uses less than
200 words, a large system handles 1000 to 5000 words, a very large system handles more than
5000 words and an unlimited system has a vocabulary of more than 64 000 words (National
Research Council, 1997). Small systems typically use voice prompts, voice commands, digit
strings (telephone number dialling) and word spotting. A speech recognition system for a
military aircraft cockpit had a small vocabulary of 54 words (Liggett et al., 1997). Large
systems are used for applications such as dialogue with constrained semantics or directory
assistance. The Defense Advanced Research Projects Agency (DARPA) Air Travel Information
System (ATIS) uses a large vocabulary size as part of a transparent telephone interface
(McMillan, Eggleston, & Anderson, 1997). Voice dictation systems, available commercially to
use with Windows programs, use a very large vocabulary. Applications depend on both the
speaking style and size of vocabulary, as shown in Figure 2.

Figure 2: Speaking style (word boundaries) vs. vocabulary size
{Figure 2 from (Atal, 1994)}
ASR systems can also have one or more lexicons. These ‘dictionaries’ define all the possible
words in the voice system that may be encountered. Most dictation ASR systems come with a
default English lexicon with entries similar to a desktop dictionary, but specialized lexicons have
also been developed for the unique vocabulary found in medical, legal, public service or
computer domains. ASR systems also allow the creation of custom lexicons.
As the vocabulary increases, the accuracy of the system decreases since there are more
possibilities of word confusions between similar words. There is thus a balance between
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required vocabulary size and accuracy, though as technology improves this is less of a problem.
The vocabulary should also be determined by the role that the voice control system is expected to
play. It should closely match the terminology with which the soldier is familiar, while avoiding
the use of acoustically similar words.
Vocabulary syntax can also be designed to allow a greater vocabulary without the loss of
accuracy by enabling a sub-vocabulary at each point the command sequence. This grammar
specifies which words may follow other words. Perplexity is the metric used to describe the
complexity of a grammar and is defined as the average number of words that can follow each
word in the grammar.
4.1.4

Measuring system performance

The most commonly reported statistic in early speech recognition research is word accuracy: the
percentage of correctly recognized words in a command phrase. This statistic was applied to the
performance of discrete or isolated-word systems. As connected-word and continuous speech
systems became technologically feasible, phrase accuracy and intent accuracy were proposed as
measures of performance (Barry, Solz, Reising, & Williamson, 1994). Since speakers were now
able to enter entire command strings, phrase accuracy measures the percentage of complete
phrases recognized correctly by the system. In order to allow flexibility of spoken commands
with continuous-speech systems, the vocabulary syntax can be designed to allow multiple words
to achieve the same command, such as “Display Radar” or “Show Radar”. In this case the
measure of intent accuracy, or the percentage of correct actions performed by the system, is
appropriate. Intent accuracy gives a score that does not penalize the speaker for using alternative
syntax or adding extra words. The emphasis is on whether the system was able to identify the
intention of the speaker’s command, regardless of how many actual words in the phrase were
identified. (Liggett et al., 1997) With commands that do not have alternative forms, the intent
accuracy and phrase accuracy are identical.
Liggett et al. (Liggett et al., 1997) also mention keyword spotting to achieve robust intent
accuracy for command and control applications in a noisy environment. AT&T developed
wordspotting technology in 1990 to shift the burden of speaking correctly from the user to the
speech recognition algorithm for the automated telephone operator services. From their 1985
trials, they noticed that about 20 percent of user utterances contained extraneous sounds from
noise and non-vocabulary words (Wilpon, 1994). Rather than force the user to speak the exact
command utterance, the system was designed to listen for specific keywords associated with
commands. For example, with the phrase: “I want to make a collect call, please”, the correctly
recognized keyword collect will initiate a collect call.
4.1.5

System components

A typical ASR system includes a directional noise-cancelling microphone connected to an A/D
converter that passes the signals into a software program consisting of a speech recognizer, a
language parser and the application programs. Additionally the system may have headphones for
audio feedback and a head mounted display or computer monitor for visual feedback, and other
input devices such as a keyboard, touchpad, touchscreen or mouse.
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4.2

Environmental factors affecting automatic speech recognition

The dismounted soldier does not operate in a quiet office environment, but rather he or she is
exposed to many physical and psychological stressors that influence human speech production
and the performance of speech recognition systems. Noise, vibration and stress play a major role
in influencing the successful use of ASR technology.
4.2.1

Noise

High ambient noise can have a negative impact on ASR in two ways: it leads to a degradation of
the speech signals but also affects the production of speech. Using noise-cancelling microphones
(Broun & Campbell, 2001) or sophisticated noise cancelling and adaptation algorithms can reduce
the impact of the noise on the signal. The algorithms can include “noise masking to produce a
‘clean’ speech signal and active noise compensation to provide a means of coping with
fluctuations in ambient noise levels” (Baber & Noyes, 1996). High levels of noise can also lead
to voice stress, a condition where people tend to increase the volume of their speech in order to
hear what they are saying. This Lombard effect is a concern for the performance of ASR
systems because it can lead to changes in amplitude, duration, articulation and pitch of the yelled
speech as compared to quiet speech and can cause changes in the formant frequency. Various
noise compensation methods have been proposed (Bou-Ghazale & Hansen, 2000; Gong, 1995).
The Lombard effect can also be reduced by providing good audio feedback of the voice level in
the soldier’s headset and minimizing the noise through active noise reduction techniques
(Williamson, 1997). For the dismounted soldier, the ASR system must be able to accurately
respond to a wide range of voice levels from low levels for stealth operations to very high levels
during full combat.
Gender may be an issue with voice communications in noisy environments. Members of the
Armstrong Lab at Wright-Patterson Air Force Base have done some investigations of female
voice communications in aircraft noise. Their applied study (Nixon, Morris et al., 1998)
indicated that the intelligibility of female speech was slightly lower than that of male speech,
though not significantly. However, the intelligibility of female speech was unacceptable at the
highest noise level of 115 dB. T he vulnerability of female speech to noise could be a problem
with ASR systems, but they found no significant differences between the recognition accuracy of
male or female speech for the ITT and IBM speech recognition systems (Nixon, Anderson et al.,
1998).
4.2.2

Vibration

The dismounted soldier is exposed to vibration through vehicle operations such as helicopter and
armoured personnel vehicles and also as a function of locomotion (National Research Council,
1997). These vibrations can cause “warbling” of speech sounds, breathing irregularities and
tension in the jaw and thus effect speech production and the performance of ASR systems.
Studies of different levels of vibration in aviation indicate that vibration may or may not be a
problem (Baber & Noyes, 1996). Secondly, the “vibration” induced by shivering in extreme
cold weather may also a problem in maintaining consistent speech utterances.

Humansystems Incorporated®

Voice Controls and Displays

Page 10

4.2.3

Stress

Stress accompanies military operations. The dismounted soldier can suddenly go from long
periods of extreme boredom to moments of terror. These mental and physical underload and
overload situations cause stress for the soldier and may affect speech production. The difficulty
arises because “individuals differ in the way they are affected by environmental stressors and the
way they deal with them” (Baber & Noyes, 1996). Baber notes that studies indicate that stress
influences speech by altering the mean, range, variability and perturbation of the fundamental
frequency and increasing the speech rate. Unfortunately, there is still a need to study the
characteristics of ‘stressful speech’ so that these effects can be overcome by ASR systems to
improve recognition. A NATO research group suggested that “the effect of operator based stress
factors on speech production quality is likely to be detrimental to the effectiveness of
communication in general, in particular to the performance of communication equipment and
weapon systems equipped with vocal interfaces” (Vloeberghs, Verlinde, Swail, Steeneken, &
South, 2000).
Speech research has been slow to develop in this area because of the lack of available databases
of speech under stress used to test and train the proposed technology. Stressed speech cannot be
recorded in actual battlefield situations and is difficult to simulate due to individual differences.
The NATO research group on speech processing generated databases of speech recordings
relevant to military applications (SUSC-0, SUSC-1, DLP and SUSAS) and provides them to
those who are interested in using them. Commercial off-the-shelf speech recognizers where then
tested using the DLP (DERA License Plate) and SUSAS (Speech Under Simulated and Actual
Stress) databases. These ASR systems were not able to address the wide speaker variability
associated with speech produced under stress (Vlöberghs et al., 2000). Research is continuing
and there are companies that are designing their speech recognition software for noisy and/or
stressful situations. ITT Industries, for example, developed speech technology (Command
Voice!) for tactical applications in high noise and high stress environments.
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5. System Design Issues
Designing a voice interface system for a dismounted soldier requires that the system be portable
and operate in very different environments. Consideration must also be given to the activation of
the system, multi-modal display and control, feedback, error correction, vocabulary, robustness,
system size, and training. Other considerations, specific to a dismounted soldier, that need to be
examined include the microphone and headset, operating with masks and exclusion garments, and
security.

5.1

Speech recognition activation/deactivation

How and when will the speech recognition system be activated and deactivated in the field.
Users must be able to quickly and easily activate and deactivate the speech recognizer (Najjar et
al., 1998). For completely hands-free operation, a keyword-based system could be used but it
has two drawbacks. Firstly, the keyword algorithm must run continuously, thus draining the
battery and secondly, this type of system is prone to insertion errors and false command
recognition. A keyword activation system was chosen for a study on direct voice input in a
Griffon helicopter because the addition of a second detent or foot switch (in addition to the radio)
would confuse the non-flying pilot (Churchill & Herdman, 2000). Repetition of the keyword
became frustrating to the user and so for the operator interface evaluations they used an
alternative method where the system was active for a period of time after the keyword was
spoken and then would “go to sleep” automatically or with a command.
In noisy mobile environments it is preferable to use a push-to-talk interface so that the user can
explicitly direct commands to the system or deactivate recognition completely to save system
resources (Sawhney & Schmandt, 1998). For these reasons, a push-to-talk interface was chosen
for the System Voice Control component of Force XXI Land Warrior (Broun & Campbell,
2001). Additionally, the location of the activation button is crucial to the soldier’s ability to
easily activate the voice recognition system and so a possible solution is to place it on the
soldier’s weapon (i.e. C7 rifle).
With a push-to-talk interface, it must also be decided how the system is deactivated. A button
press could activate the ASR for a specified time period, as with the Land Warrior prototype for
1.5 seconds, or initiate the system to listen until a sufficiently long pause or a keyword is
detected. Both of these could create problems by cutting off the end of statement prematurely,
but allow hands-free deactivation. Alternatively the button could toggle the system on and off or
it could be a push-and-hold-to-talk button like a tactical field radio. An advantage of the toggle
button is that it could indicate the state of the ASR system, but it and the hold-to-talk button do
not allow hands-free operation. The CommandTalk system uses both a push-and-hold-to-talk
interface and click-to-talk that interface that listens for a pause (Moore et al., 1997).
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5.2

Multi-modal display and control

For the overall system, it is recommended that multi-modal display and control should be used
instead of exclusively voice since exclusively voice may not be able to be used in cases of
extreme (combat) noise and stealth operations. Depending on the device, this implies having
controls such as a pointing device and mini-keyboard for the soldier’s computer, buttons on the
radio, or buttons for an off-bore camera. Also, a visual display should be considered for both a
redundant means of feedback for voice command status and for the display of other visual
information for the soldier’s computer. This dual functionality acts as a backup for the ASR
system and can be used in cases where it may be preferable to use the manual control, such as in
target acquisition.

5.3

Feedback and error correction

Feedback depends largely on the system and the task at hand and equipment available but is
generally concerned with giving the system’s interpretation of and response to the spoken input.
It can be in a visual (textual and graphic), auditory (verbal and nonverbal) or tactile form, or be a
system response such as changing a radio channel or focusing a camera. The feedback can be
classified into three types: reactive, instrumental or operational (Baber, 2001). Reactive
feedback occurs when using a control, for example when a button is pressed it moves and clicks.
There is usually no reactive feedback when using a microphone, and so the speaker may not
know if the mic is “live”, whether they are speaking loudly enough, or whether the signal is
reaching the speech recognizer. Early isolated-word speech recognition systems used a beep to
indicate that the system is ready, but this irritated advanced users. There is no current solution
for effective reactive feedback with ASR systems. Secondly, the performance of the speech
recognizer itself is shown through instrumental feedback, which tells the user what words have
been recognized. It can be concurrent (after each word, digit, letter, etc.) or terminal (after a
command, phrase, digit string, etc.). Both have limitations since concurrent feedback may
disrupt command utterances (high working memory load) but error handling is more difficult
with terminal feedback. Finally, Operational feedback involves the system responses to spoken
commands, such as changing views on a visual display or switching a radio frequency.
Appropriate feedback is critical to the overall performance and user acceptance of the system.
Without feedback, the user may incorrectly assume that a sequence of voice commands was
executed by a system (McMillan et al., 1997). Any communications with the user should be
simple and immediate (Cleveland & McNinch, 1999). For example, when the user’s speech
pattern is not acceptable, the system should express the feedback in simple language such as
“Speak Louder”, through an auditory icon, or a short text message or graphic on a screen.
Feedback should not be simply repeating or displaying every entry that is recognized by the
system, but rather give feedback for events, system status, unrecognized inputs or user interface
errors. The feedback should provide a sense of control and assure the user that the system is
working while not hindering or annoying users (Najjar et al., 1998).
For the dismounted soldier, feedback could be achieved in several ways. Visual feedback can be
provided on a head-mounted display, portable display or a digital display located on the weapon
or other equipment. If a small display is available to the soldier, Schurik et al. (1985)
recommend giving visual instrumental feedback concurrently (by word) or terminally (by field).
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Conversely if the visual display is not available or may overload the visual channel, they
recommend the slower auditory concurrent instrumental feedback. Auditory feedback could
improve error detection, as Noyes and Frankish (1994) found that subjects monitor spoken
feedback better than visual feedback. Provided the soldier has a headset, speech synthesis can be
used to provide verbal feedback. For example, in a hands-free radio dialogue the soldier could
say “Goto Foxtrot now”, and instead of him manually changing the dial on the radio, the ASR
system recognizes the command and changes the channel. He hears the operational feedback:
“Radio set to Foxtrot” and then does a radio check to confirm the correct frequency.
Alternatively, mono or 3D sounds could be used as auditory icons to give feedback for mode
transitions, system status, errors and accepted commands. Tactile signals could also be used in
place of auditory icons for cases where the auditory channel is needed for a concurrent task.
Some of the feedback should be concurrent (such as system commands) but other feedback could
be terminal (proofreading a verbally entered status report). Further investigation is needed to
determine the appropriate combination of feedback modalities.
Some of the feedback leads to error correction of incorrectly recognized speech. Errors can be
false insertions (the speech engine inserts extra words), substitutions (the engine replaces one
word with another) or deletions (the engine drops a word). The simplest form of error correction
is to have the user repeat the last utterance. Speakers prefer to use this method rather than using
the system’s error correction techniques (Najjar et al., 1998) such as word suggestion based on
the output of a pattern-matching algorithm. Ainsworth and Pratt (1992) found that the errorcorrection strategy of ‘repetition-with-elimination’ required fewer trials to correct the recognition
errors than ‘elimination-without-repetition’. In the former strategy, when the user detects a
mistake, the system eliminates the last response from the active vocabulary and then the user
repeats the command. Eventually with a finite vocabulary, the correct response will occur. For
the latter ‘elimination-without-repetition’ strategy, the system suggests the next most likely word
when an error is detected. Murray et al. (1993) used similar strategies to Ainsworth and Pratt but
produced a different conclusion. For a highly confusable vocabulary, their choice procedure
(elimination-without-repetition) was the most efficient in terms of the number of successful
corrections and the speed with which they were completed. These different methods of feedback
will have to be considered and determined in the design of the task for the dismounted soldier.
Multi-modal error correction is also possible if the soldier has a pointing or input device for the
computer, or manual controls on the equipment. For example, the radio channel could be
changed manually or the soldier could use the pointing device to select incorrect text and then
speak the correct text. This backup form of error correction is very useful when the performance
of the ASR system degrades due to environmental factors. Additionally, the system could
provide different methods of error correction depending on whether the error occurred with a
command or with dictated text. Overall, the speech recognition interface needs to be designed so
that error correction is simple and obvious.
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5.4

Vocabulary size, selection and syntax

When designing the vocabulary, the command phonetics need to be distinctly different from each
other in order to avoid short commands with similar vowel sounds that will be confused by the
recognizer. The vocabulary should also be task dependent (i.e. radio calls for communication
equipment) and kept as small as possible to avoid word confusions between similar words. A
vocabulary syntax, or lexicon, should also be used to limit the subset of the vocabulary available
at any time. Based on the command context, the language parser rejects those recognized words
not in the available vocabulary. This form of out-of-vocabulary rejection helps to reduce
insertion and substitution errors.
As an example of vocabulary syntax, SRI International developed an application-specific
grammar for the CommandTalk spoken language dialogue system. CommandTalk is a spokenlanguage interface to synthetic forces in entity-based battlefield simulations. It lets simulation
operators interact with synthetic forces by voice in a manner as similar as possible to the way that
commanders control live forces. Examples of the grammar include:
(MOVEMENT_TYPE to POINT_OR_LINE and engage ENEMY_LOC with direct fire)
(rendezvous with UNIT_CALL_SIGN at POINT_LOC)
Each of the capitalized words has sub-rules associated with it, such as UNIT_CALL_SIGN is
composed of (ICA_LETTER DIGIT DIGIT) or (ICA_LETTER DIGIT DIGIT DIGIT) and then
ICA_LETTER consists of (alpha, bravo, charlie, etc.). There are also system commands such as
(zoom in on UNIT) or (center COMPASS_DIRECTION of [UNIT POINT_LOC]). Referring to
the example above, if the operator has spoken “rendezvous with”, then the engine will attempt to
match the spoken input to speech templates for ICA letters and reject other inputs.
Specialized vocabulary syntax also requires less processing resources. CommandTalk uses the
Nuance speech recognition system and the Gemini natural-language parsing and interpretation
system. By setting Gemini to use only specific military vocabulary and grammar, the grammar
parsing runs faster with fewer ambiguities and less processing than the extensive grammar of
general English (Moore et al., 1997). This performance increase is advantageous when applying
voice recognition to mobile computing.

5.5

Robustness with noise and stressed speech

The soldier environment is very demanding and so the voice control system must be robust to
noise and stressed speech. These problems are still being researched to achieve better
performance. Vlöberghs et al. (2000) describe in detail stress compensation techniques to
achieve robust speech recognition through better training methods, improved front-end
processing, and improved back-end processing or robust recognition measures. Chapter 6 of
their report gives details of the specific measures investigated. Other research is also being done
to improve voice recognition with stressed speech (Bou-Ghazale & Hansen, 2000) and in noisy
environments (Singh, Seltzer, Raj, & Stern, 2001), among others. A survey of research in noisy
speech recognition is provided in (Gong, 1995).
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5.6

Overall system size and characteristics

The equipment needed for the voice control system will ultimately add weight (and cost) to the
soldier’s pack and so thus needs to be as small and light as practically possible. The algorithms
of the ASR system must also be computationally efficient as to not drain the system battery, and
the software must be sufficiently small to fit in the available memory on the soldier’s computer
(Broun & Campbell, 2001). For example, the Motorolla CVoxCon speech recognition engine
with polynomial classifiers was selected for the Land Warrior demonstration because this low
complexity technology is suitable for portable devices (Campbell, Assaleh, & Broun, 1999).
External components, such as a headset and microphone, must also be compatible with current
clothing and equipment. All components must be very durable and robust to handle field use and
designed such that if one component fails or is damaged, the whole system does not crash. The
system should also be designed so that another soldier can take over the system quickly and
easily, should the current user be incapacitated (Stedmon et al., 1999).

5.7

Microphone and headset

The voice controls require a microphone and the voice displays require a headset or speaker.
For operating in noisy environments, it is critical to have the microphone placed in a fixed
optimum location. Highly directional, noise cancelling traditional or throat/bone conducting
microphones also help to reduce the effect of background noise. Najjar et al. (1998) were able to
successfully test a speech-driven system with this type of microphone in a very loud 90dB noise
environment. In a related study, the traditional noise-cancelling microphone used for a Land
Warrior prototype did not perform well in a substantial wind or when placed directly in front of
the mouth (Cleveland & McNinch, 1999).
Consideration should be given to a headset or earphone that is noise-immune such as ear canal or
bone conduction earphones. This listening apparatus would also be used with other
communications equipment and other auditory tasks. Monaural (one ear) or binaural (both ears)
can be used depending on the other communications tasks. For monaural presentation, the right
ear is preferred for speech (left-brain dominance) and the left ear is preferred for music and other
sounds (Nass & Gong, 2000).
Overall the microphone and headset must not interfere with weapon use and must operate in all
weather conditions including rain, snow and wind. Additionally, they must be compatible with
the soldier’s clothing and equipment, including helmet, cap, cold weather mask, NBC C4 mask,
comms (communications equipment), eyewear and any coats or vests that cover parts of the face,
neck or head.

5.8

Operating with masks and exclusion garments

The NRC panel noted that “voice entry while wearing some form of mask or exclusion garment
may prevent optimal use of critical systems” (National Research Council, 1997). Not only may
the clothing or equipment physically interfere with the microphone and headset, but also the
performance of the ASR system could be reduced if the mask changes the soldier’s speaking tone
and rate. If the speaking style does significantly change, then the soldier should also train speech
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templates for the ASR while wearing the mask. When the garment or mask is then worn out in
the field, the ASR system then switches manually or automatically to the “mask” templates.

5.9

Training

There are two aspects to training: training a speaker-dependent ASR system to the speaker’s
voice and training the soldier to use the voice input/output system. If possible, train a speakerdependent system in an environment similar to where it will be used (Najjar et al., 1998). This
significantly improves the recognition accuracy by having the user speak in a “style similar to
that when working” and allows the recognition to adapt to the ambient noise. The soldier ASR
system may not be able to depend on this general recommendation for training though since the
speaking style and noise level varies dramatically for the dismounted soldier. The ASR system
cannot be trained during actual combat to sample noise levels. As for soldier training, the soldier
needs to learn the command vocabulary of the system and what speaking style gives the best
accuracy. If an isolated-word system is in use, the speaker must also learn to insert the pause
between words. He or she must additionally become familiar with the structure and functioning
of the voice menu commands and displays.

5.10 Security and other voice applications
With any military equipment, the question arises as to the consequences if hostile forces capture
it. Will they be able to use it and/or gain tactical information from it? Speaker-dependent
systems can hinder use by those not trained on the system, but an additional capability of speech
technology is speaker recognition. This involves speaker verification, speaker identification and
language identification (Weinstein, 1991). The speaker’s voice can act as an auditory password,
thereby enabling the system to determine if the user is authorized to use the system.
Unfortunately though, if the voice identification system is not robust there could be serious
consequences if the system does not recognise the true soldier’s voice due to illness, stress or
other environmental factors. Speaker identification can also be used for surveillance of
communications channels to identify those talking.
Language identification would be useful for the Canadian Forces since a voice recognition system
would then be capable of determining if the speaker is speaking French or English and then use
the appropriate speech recognition algorithm and employ the appropriate language text in any
visual and auditory displays.
It is also being used in automatic interpretation to allow persons to speak to each other in
different languages. For example, the INTERTALKER system recognizes Japanese and English
speech and translates and synthesizes it into English, Japanese, French and Spanish (Kato, 1994).
Automatic language translation would solve many communications problems when Canadian
soldiers are interacting with non-English/French speaking coalition forces and local foreign
citizenry.
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6. Capabilities of Voice Interfaces
The capabilities of voice interfaces depend on where and when the system is used and what tasks
are to be performed using the system. The basic conditions or situations of use for the soldier
(related to voice interfaces) are shown in Table 2 along with the suitability of use and further
comments. The following interpretations were made: “no” for not possible at this time,
“possible” for being achievable with some limitations, “yes” for being achievable, and “?” for
being unsure. This table can be used as a reference when determining the conditions under
which voice input and output should be used for the dismounted soldier.
Table 2: Conditions for use of voice input (speech recognition) and output
(speech synthesis)
Condition

Voice Input

Constant ambient noise
(up to 120 dB)

Possible to
yes

Voice
Output
Possible
to no

Noise bursts (i.e. tank fire)
Operating at night

No
Yes

No
Yes

Walking
Running

Yes?
Possible?

Yes
Yes

Any prone position (lying
down, standing, crouching,
etc.)
Hiding and stealth
operations
Yelling

Yes

Yes

Possible to
no
Possible

Possible

Wearing a mask

Possible

?

Completely hands-free

Possible

Yes

Very high-stress situations

?

Possible
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Comments
For voice input, some ASR systems can be calibrated or adjusted for
high noise levels. Speech output could become unintelligible if the
wearer is not insulated from high ambient noise levels (eg. earphone,
earplug).
Speech is no longer intelligible.
Performance is independent of the amount of daylight. However,
other backup modalities (i.e. a visual display for feedback) may not be
independent.
Does marching noise interfere with the speech recognizer?
Breath noises may interfere with the recognizer. Speaking style may
change and lower performance. The microphone may vibrate and
effect speech capture quality.
Recognition accuracy may decrease as the soldier’s stress level
increases.
Whispered voice has poorer recognition. The enemy could detect
speech sounds.
Can lead to Lombard speech, which has poorer recognition. Stress
compensation algorithms can be used to improve recognition.
The mask must accommodate the microphone and headset.
Changes in the speaker’s voice and breath noises decrease ASR
performance so special speech templates and/or compensating
algorithms may need to be used.
Hands-free voice input uses more system resources and increases
insertion errors compared to a push-to-talk interface.
Voice output should be used sparingly since it is slow and can
interfere with visual processing. Voice input needs to be investigated
for specific situations since it can be used to allow quick hands-free
input, but under stress soldier may forget the command structure
and/or change their speaking style.
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Voice interfaces also have certain capabilities that influence the tasks that can be effectively
performed with voice input. The suitability of using speech recognition (voice controls) is
summarized for select infantry functions in Table 3, along with the suitability of speech displays
in Table 4. Specific tasks will need to be investigated in more detail through readings or
laboratory testing.
Table 3: Functions for speech recognition
Function

Use

Comments

Data entry

Yes

Long texts are easier with a continuous speech ASR system. An error
correction method based on the available input technology would need
to be designed. Type of feedback needs to be determined.

Issuing voice commands to
equipment or indirectly to
personnel

Yes

Recognition improves with use of vocabulary syntax.

Positioning or moving
objects

Possible to no

Use a pointing device if the location for the object cannot be uniquely
identified. Using speech is slower and less precise than manual input
(Bierschwale et al., 1989) and annoys users (Najjar, Ockerman, &
Thompson, 1998).

Navigating through software

Possible

Screens and functions can be uniquely defined by a voice command.
Options may be difficult to recall from memory. Type of feedback needs
to be determined.

Language translation

Possible in
future

Allows multi-lingual communication, but technology needs to develop
further.

Speaker identification

Possible

Need supporting software.

Table 4: Functions for speech displays
Function

Use

Comments

Warnings

Yes

Very good at attracting attention. Should be worded as short phrases
with four or five syllables. Can have preceding alert tones or words. Use
a distinctive voice to not be confused with other human voices.

Advisories

Possible

Can be confused with warnings.

Prompts

Yes

There is a balance between verbosity (task completion time) and errors.

Feedback

Yes

Different types of feedback (short/long verbal, beeps/tones, visual, etc.)
should be used depending on the task and time available.

Responses to user queries

Possible

Avoid very long texts that would be difficult to hold in short term memory.
This speech function avoids users from having to divert their visual
attention to search a display or device for the desired information (i.e.
current radio channel or bearing)

Commands (to the user)

?

Simpson (1985) notes that pilots were reluctant to follow a command (by
an automatic speech generator) without knowing the reason for it. Could
be useful for instructions in situations that are not time-critical.

(adapted from Simpson, 1985)
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7. Current Commercial Voice Recognition
and Synthesis Software
Further laboratory and field investigations of voice controls and displays require the selection of
suitable voice recognition and synthesis software. This software would not necessarily be used in
the final soldier system but would be used in any experimentation platform. The aim is to find a
product that can demonstrate the capability of the voice modality with the least amount of
development time and costs.
The main providers for voice recognition software for desktop PCs are IBM Corporation
(ViaVoice) and Scansoft (Dragon NaturallySpeaking). These continuous speech speaker
independent systems are designed mostly for dictation and web browsing. The text-to-speech
technology provides speech synthesis for documents and dictated text. To improve recognition
accuracy, they can be trained for the specific speaker. Because of the large vocabulary (260 000
and 250 000 words), they require at least a PII 300 MHz processor with 510 or 300 MB free disk
space and 64-96 or 128-256 MB RAM respectively. They are not primarily designed for high
noise environments, but can be used if trained in the noise. For custom applications, speech
interfaces can be designed using the SDKs, ActiveX controls or directly interfaced to the SMAPI
(IBM) or SAPI speech engines. This type of software could be used for a demonstration
prototype, but the processing and space requirements would place a large burden on wearable
computing resources.
A second area of voice recognition software is in embedded devices such as mobile phones,
PDAs, toys and kitchen appliances. Philips (VoCon and SpeechWave VR), IBM (Embedded
ViaVoice), 20/20 Speech (Aurix asr and tts) and Conversay (Mobile Conversay) are some of the
major providers. The software for embedded devices tends to be speaker independent, provides
text-to-speech synthesis, has a small vocabulary for command and control, and requires very
little processing and disk space. Additionally, Mobile Conversay and VoCon are noise robust.
Aurix asr was initially developed for military purposes by the former Defence Evaluation and
Research Agency (DERA) in the United Kingdom. Product-specific software development kits
(SDKs) are available to create custom applications. The processing requirements meet the
specifications for a wearable computer, but some software may not operate on the soldier’s
computer platform. Additionally, tests would have to be performed to see if it is noise robust for
the soldier domain.
The remainder of voice recognition software is focused on web, network and telephony services
such as customer support and directory assistance. Web servers are not appropriate for the
soldier’s computer, but a related product from Conversay, Voice Surfer, has been used for voice
recognition for the Xybernaut wearable computer. This continuous speech speaker-independent
voice-browser acts as an extension to Internet Explorer 5.5 and requires very little disk space (15
MB) and processing speed (PI 200 MHz). Interfaces can be designed using the Voice Surfer
Development Kit and Macromedia Dreamweaver 4. This product could be used to create a
simple interface to the soldier system, but it is dependent on IE 5.5. Telephony services are also
not applicable to the soldier domain, but the core processor of the Nuance system has been used
for speech recognition in CommandTalk (Moore et al., 1997) and ITT Industries’
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CommandVoice! Tactical Voice Recognition System (TVRS). CommandVoice! was designed
primarily for military and commercial industrial applications with high noise and stress. The
ITT-1290 Speech Recognition system was tested in military aircraft cockpits and obtained 95.2%
average intent accuracy in level flight (Liggett et al., 1997). This speaker-dependent continuous
speech system provides automatic gain control, speaker channel normalization, speech synthesis
and noise calibration. The speech templates are trained quickly and the vocabulary syntax can be
switched dynamically. The software runs on Windows NT/2000, Linux or Solaris and needs
only 5-10 MB RAM with 15 MB hard disk space plus 1 MB per user for the voice models.
The products and contact information are summarized in Table 5 on the next page. For the
SIREQ TD experiments, the software by 20/20 Speech and ITT Industries look the most
promising. Both have been used or tested in the military domain and have low processing
requirements and noise adaptation. The main difference is that Aurix asr is speaker-independent
whereas CommandVoice is speaker-dependent. System performance, compatibility with the trial
computers (Xybernauts), development time and cost will be the main factors in the choice of
software to use for the laboratory or field trials.
Table 5: Commercial Speech Recognition and Text-to-Speech Software
Company

Product

Contact

20/20 Speech

Aurix asr & tts

http://www.2020speech.co.uk/

Conversay

Mobile Conversay

http://www.conversay.com/Products/Embedded/default.asp

Voice Surfer

http://www.conversay.com/Products/Browsers/default.asp

ViaVoice 9.0

http://www-3.ibm.com/software/speech/desktop/w9.html

Embedded ViaVoice

http://www-3.ibm.com/pvc/products/voice/ vv_mobile_device.shtml

ITT Industries
Aerospace/
Communications
Division

CommandVoice!
Tactical Voice
Recognition System
(TVRS)

Mark Bradley
mark.bradley@itt.com
(219) 451-7788
http://www.acd.itt.com/c_voice.htm

Nuance

Nuance 8.0

http://www.nuance.com/prodserv/prodnuance.html

Vocalizer 2.0

http://www.nuance.com/prodserv/prodvocalizer.html

VoCon

http://www.speech.philips.com/vc/Pages/vc_home.htm

IBM Corp.

Philips

SpeechWave VR
Scansoft

Dragon
NaturallySpeaking 6.0
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8. Discussion
Voice controls and displays can be an effective information control and display interface for the
dismounted soldier but the limitations and capabilities must be taken into consideration. This
input/output modality currently tests the limits of the technology, but does allow computer system
operation when the soldier’s hands and eyes are busy, a potentially critical benefit.
Voice displays are best used when the soldier is moving and the operational conditions do not
allow the use of a visual display. Speech presentation is best for short, simple messages that do
not need to be referred to later in time. Voice displays require a text-to-speech synthesizer to
produce the speech messages through phonemes or recorded text. Users prefer when the
synthesized voice is distinguishable from other human voices. Current displays are usually menu
or keyword driven, but as the technology improves, a natural language interface is possible.
Altering tones or cue words, preceding the voice message, can be used to add additional
information to a speech message. Speech displays are well suited to warnings, prompts,
feedback, and short responses to user queries. Advisories should be used with caution since they
can be confused with warnings.
Automatic speech recognition (ASR) systems are the basis behind voice controls. The main
characteristics of these systems are the dependency on the speaker, word boundaries and
vocabulary size. As each of these becomes more complicated, the system size and cost increases
and word or phrase accuracy may decrease because of word confusions. The performance of the
ASR system is worsened by environmental factors such as noise, vibration and stress. These
effects can be reduced through compensating algorithms and human factors aspects in the design
of the system. Speech recognition is best suited for data entry, issuing voice commands,
language translation and speaker identification. It should not be used for moving or positioning
objects in a visual display.
There are also several issues in the general design of the system. Speech recognition systems can
be continuously active or employ some form of a push-to-talk interface. A multi-modal display
and control system should be employed to provide a backup to the voice system in cases where
voice may not be appropriate and in situations where redundant feedback is desirable. The
system also needs to provide some form of feedback to the soldier so that error correction is
simple and obvious.
Based on these capabilities and limitations, a voice interface system for dismounted soldiers
should consider the following design issues.
Voice Displays:
The voice display should be based on simple or short messages that require immediate attention.
Avoid the use of too many voice messages when the soldier’s visual and/or auditory systems are
overburdened. A ‘save’ function should be provided to the soldier if the message needs to be
referred to later in time. To distinguish the voice display from the surrounding voices in the
soldier’s environment, use either a synthetic ‘computer voice’ or the opposite gender for the
speech synthesis. Laboratory tests should be conducted to decide if an alerting tone or word
should be used to identify a speech message.
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Voice Controls:
A robust noise-immune automatic speech recognition system should be chosen for the soldier’s
computer. Ideally it should be speaker independent, continuous-speech with a low perplexity
task-dependent grammar. To decrease word confusions, commands need to be phonetically
different from each other in both the basic phonemes (sounds) and/or the number of syllables.
Out in the field, the system needs to be able to quickly adapt to whispered speech, yelled speech,
changes in background noise, and talking while wearing a mask. A form of push-to-talk
interface should be used to avoid insertion errors and preserve system resources. The type of
feedback and error correction needs to be determined in further tests. The system should operate
with a word or phrase accuracy of 95% for data entry and 99% for command and control.
System Design:
In addition to speech recognition and synthesis software, a microphone and headset are also
required. These should be noise-immune such as directional or throat microphones and ear canal
or bone conduction earphones. Given the general need to minimize size and weight requirements
on soldiers, all equipment should be as small as possible, robust to operate in all types of
environments and compatible with the soldier’s clothing and equipment. For a prototype system
to use in laboratory or field trials, the software available from 20/20 Speech or ITT Industries
appear most promising.
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