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18.3.1.4.  Technology Considerations

speech recognition applications can be divided into many classes, as illustrated in Figure
18.7. The easiest category is the system that can only deal with isolated speech with limited
vocabulary for a command-and-control application. where typically a context-free grammar
is used to constrain the search space, resulting in a limited number of ways users can issue a
command. The hardest is the one that can support channel- and speaker-independent con-
tinuous speech recognition with both dictation and robust application-specific understanding
capability. This is also the one that can really add value to a wide range of speech applica-
tions. In Figure 18.7, a command-and-control application implies application-specific re-
strictive understanding capability—typically with less than 1000-word vocabulary and with
a lower perplexity context-free grammar. A dictation application implies general-purpose
dictation capability—typically with more than 60,000 words in the lexicon and a stochastic
n-gram language model. A dictation and SLU application implies both general-purpose dic-
tation and less restrictive application-specific spoken language understanding capability—
typically with 60,000 words in the lexicon with both n-gram and semantic grammar lan-
guage models for both recognition and understanding.

Although a number of parameters can be used to characterize the capability of speech
recognition systems, user-centered design often dictates that you need to use the most chal-
lenging technology solutions. The speaking style (from isolated speech to continuous
speech) can dramatically change the performance of a speech recognition system. Natural,
spontaneous, continuous speech remains the most difficult to recognize; but it is more user
friendly. Small vocabulary (less than 50 words) is generally more accurate than large vo-
cabulary (greater than 20,000 words); but the small vocabulary limits the options the user
has on the task. The lower-perplexity language model generally has a great recognition ac-
curacy; but it imposes a considerable constraint on how the user can issue a command. Most
systems may work in the high-SNR (>30 dB) environment; but it is desirable that the system
should still work when the SNR is below 10 dB.

Command & | Dictation only Dictation &
Control
.~ Basiest™ " #™

Isolated Speech

+Continuous speech
+Environment-independence
+Speaker-independence

Figure 18.7 Illustrative degrees of difficulty for different classes of speech recognition (gray
level from easy to hard).
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936 Applications and User Interfaces

Associated with the input modality is the speech output modality for many speech ap-
plications. Speech as an output medium taxes user memory and may even cause loss of con-
text and distraction from the task if it is too verbose. Most of the text-to-speech systems
have a problem generating a prosody pattern that is dynamic and accuratg enough. to convey
the underlying semantic message. Recorded speech still has the best _quallty;' t?ut it is gener-
ally inflexible in comparison to TTS. There are many ways to provide additional informa-
tion to the TTS so that the final synthesized quality can be improved dramatically. Examples
include the use of recorded speech for constant messages, transplanted prosody, and con-
cept-to-speech synthesis as discussed in Chapters 16 and 17.

Improved quality and ease of use often need expensive authoring. This is true for
speech recognition, synthesis, and understanding. For example, to support channel inde-
pendence, you need not only additional channel normalization algorithms to deal with both
additive and convolutional noises but also realistic training data to estimate model parame-
ters. To support robust understanding, you need to author semantic grammars that have
broad coverage. This often requires tedious authoring and labor-intensive data collection and
annotation to augment the grammar. Ultimately, you need a modular and reusable system
that can warrant the development costs. To make effective use of dialog and error-repair
strategies, you need to adopt tools for preventing dialog design problems during the early
stages, ones that guide the choice of words in dialog and feedback and ensure usability and
correctness in the context, etc. In addition, as discussed in Chapter 17, whether you have a
system-initiative dialog, user-initiative dialog, or mixed-initiative dialog will have signifi-
cant ramifications on the authoring cost.

A spoken language application requires certain hardware and software on the user's
computer in order to run."® Most new sound cards work well for speech recognition and text-
to-speech, including Sound Blaster™. Some old sound cards are only kalf duplex (as op-
posed to full duplex). If a sound card is half duplex, it cannot record and play audio at the
same time. Thus it cannot be used for barge-in and echo cancellation. The user can choose
among different kinds of microphones: a close-talk headset microphone that is held close to
the mouth, a medium-distance microphone, or a microphone array device that rests on the
computer 30 to 60 centimeters away from the speaker. A headset microphone is often
needed for noisy environments, although microphone array or blind separation techniques
have the potential to close the gap in the future (see Chapter 10). Most speech products also
need to calibrate the microphone gain by speaking one or two utterances, as illustrated in
Figure 18.8. It adjusts the gain of the amplifier to make sure there is an appropriate gain
without clipping the signal. This can be done in the background without distracting the user.

3 5t .
L Spee.c.h recognition engines currently on the market typically require a Pentium 200 or faster processor. Speech
recognition for command and control consumes 1 to 4 MB RAM, and dictation requires an additional 16-32 MB.
Text-to-speech engines use about 1-3 MB, but high-quality TTS can require more than 64 MB.
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Figure 18.8 Microphone setup wizard used in Microsoft Speech SDK 4.0. Reprinted with
permission from Microsoft Corporation.

18.3.2. Handling Errors

Speech recognition and understanding can never be perfect. Current spoken language proc-
essing work is very much a matter of minimizing errors. Together with the underlying
speech-engine technologies, the role of the interface is to help reduce the errors or minimize
their severity and consequences. As discussed in earlier chapters, there are errors associated
with word deletion, word insertion, and word substitution. The recognizer may be unable to
reject noises and classify them as regular words. The speaker may also have new words that
are not in the lexicon, or may have less clear articulation due to accent, stress, sickness, and
excitement.

To repair errors in the system, we need to take each individual application into consid-
eration, since the strategy is often application-dependent. To have a compelling application,
we must design the application with both the limitation of the engine and the interaction of
the engine and U1 in mind. For example, multimodal applications are generally more com-
pelling and useful than speech-only solutions as far as error handling is concerned. A multi-
modal application can overcome many limitations of today’s SLU technologies, but it may
be inappropriate for hands-busy or eyes-busy scenarios.
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938 Applications and User Interfaces

18.3.2.1.  Error Detection and Correction

We need to detect errors before we can repair them. This is a particularly difficult problem
that often requires high-level context and discourse information to decipher whether there
are errors. We can certainly use confidence measures, as discussed in Chapter 9, to detect
potential errors, although confidence measures alone are not particularly reliable.

There are many ways to correct the errors. The choice of which one to use depends on
the types of the applications you are developing. We want to emphasize that correction
based on another modality is often desirable, since it is unusual that two independent mo-
dalities make the same mistake. For example, speech recognition errors are often different
from handwriting recognition errors. In addition to the complementary nature of these dif-
ferent errors, we can also leverage other modalities for improved error-correction efficacy.
For example, a pen is particularly suitable for pointing, and we can use that to locate mis-
recognized words. A camera can be used to track whether the speaker is speaking in order to
eliminate background noise generated from other sound sources.

Let’s consider a concrete example. If you have a handheld device, you may be able to
see the errors and respeak the desired commands or use a different modality such as pen to
help task completion. When you want to create an email using speech, and a dictation error
occurs, you can click the misrecognized word or phrases to display a list of »n-best alterna-
tives. You can select the correct word or phrase from the »-best list with the pen. Alterna-
tively, you can respeak the highlighted word or phrase. Since the correct answer should not
be the previous misrecognized word or phrase, you can exclude them in the second trial. If it
is an isolated word in the correction stage, you can also use the correct silence context
triphone models for the word boundary as the correct acoustic model. You can also use the
correct n-gram language model from the left context with the assumption that the left words
are all correct. With these correct acoustic and language models, it is expected that the sec-
ond trial would have a better chance to get the right answer.

If you have telephony-based applications, you can count on keywords such as no, I
meant to identify possible recognition or understanding errors. When errors occur, you
should provide specific error-handling messages so that the user knows what response the
system wants. An adequate error message should tell the user what is wrong, how to correct
it, and wherz ‘o get help if needed. Let’s consider an example of the following directory
assistant application:

Computer: Please speak the name
User: Mike
Computer: Please speak the name

User: Mike
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Clearly, the user does not know what responses the computer wants. An improved dia-
Jog can be:

Computer: Please speak the first and last name
User: Mike Miller
Computer: Which division is Mike Miller working?

User: Research group

You can use alternative guesses intelligently for telephony applications, too. For ex-
ample, if the user says “Mike Miller” and the computer is unsure of what was said, it can
prompt the user to repeat with a constrained grammar. In the example above, if the computer
is unsure whether the user said Mike or Mark, it may want to respond with “Did you say
Mike Miller or Mark Miller?” before it proceeds to clarify which division Miller is working
in.

When an error is detected, the system should be adapted to learn from the error. The
best error-repair strategy is to use an adaptive acoustic and language model so that the sys-
tem can learn from the errors and not repeat the same mistake again. This is why adaptive
acoustic and language modeling, as discussed in Chapters 9 and 11, is critical for real accep-
tance of speech applications. When an error occurs and the computer understands the error
via user correction, you can use the corrected words or phrases to adapt related components
in the system.

18.3.2.2. Feedback and Confirmation

Users need feedback from the system so that they understand the status of the interaction.
When a command is issued, the user expects the system to acknowledge that the command
is heard. It is also important to tell the users if the system is busy so that they know when to
wait. Otherwise, the users may interpret the lack of response or feedback as errors of recog-
nition or understanding.

If the user has requested that an action be taken, the best response is to carry out the
action as requested, but if the action cannot be carried out, the user must be notified. Some-
times, the user may need this feedback to know whether it is her turn to speak again. If the
interface is multimodal, you can use visual feedback to indicate the status of the interaction.
For example, in Microsoft’s MiPad research prototype, when the microphone is activated
with a pen pointing to a specific field, the microphone levels are indicated in the feedback
rectangle in strip-chart fashion as shown in Figure 18.9 for the corresponding field. Initially
this wipes from left to right, but when the right edge is reached, the contents scroll to the left
as each new sample is added. The height of each sample indicates the audio level; there is
some indication given for the redline level for a possible saturation. It also shows the total
number of frames as well as the number of remaining frames to be processed. Then, as the
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Figure 18.9 MiPad's dynamic volume meter. Reprinted with permission from Microsoft Cor-
poration.

recognizer processes, the black bar wipes from left to right to indicate its progress. When the
recognizer completes (or is canceled by the user), the dynamic volume meter is removed.
The volume meter feedback described addresses a number of issues that are critical to most
users: if the computer is listening or not; if the volume is too high or not, and when the com-
puter finishes processing the speech data.

If the interface has no visual component, you can use auditory cues or speech feed-
back. If there is more than a 3-second delay after the user issues a command and the system
responds, an auditory icon during the delay, such as music, may be used. A delay of less
than 2-3 seconds is acceptable without using any feedback.

Since there are errors in spoken language systems, you may have to use confirmation
questions to assure that the computer heard the correct message. You can associate risks
with different commands, so you can have a different level of strategy for confirmation. For
example, format disk should have a higher threshold or may not be allowed by voice at all.
You can have an explicit confirmation before executing the command. You can also have
implicit confirmation based on the level of the risks in the corresponding confidence scores
from the recognizer. For example, if the user’s response has more than one possible meaning
(X and Y) or the computer is not confident about the recognized result (X or Y), the com-
puter could ask, “Do you want to do X or Y?” You want to be specific about what the system
needs. A prompt like “Do you mean X or Y?” is always better than Please repeat. You have
to balance the cost of making an error with the extra time and annoyance in requiring the
user to confirm a number of statements.

In a telephony-based application, you need to tell the users specifically that they are
talking to a computer, not a real person. When AT&T used a long greeting for its telephone
customer service, their prompts were as follows:

“AT&T Automated Customer Service. This service listens to your speech and sends
your call to the appropriate operator. How may I help you?” i

The longer version resulted in shorter utterances from the people calling in. The short
automated version did not help shorten the utterances, because people did not seem to catch
the automated connotation.

You can also design the prompt in such a way that you can constrain how people re-
spond or use their words. Let’s consider an example of the following directory assistant ap-
plication:

Computer: Welcome to Directory Assistant. We look forward to serving you.
How can I help you?

User: I am interested in knowing if you can tell me the office number of Mr.
Derek Smith?
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To have the user follow the lead of the computer, an improved dialog can be:

Com
son.

User: Derek Smith

puter: Welcome to Directory Assistant. Please say the full name of the per-

When the system expects the user to respond with both the first name and last name,
hould still design the grammar so that the system can recognize a partial name with

ou s ..
y far more robust—a good example of combining

Jower probabilities. This makes the system far | . '
engine technology and interface seamlessly for improved user satisfaction.

18.3.3. Other Considerations

When speech is used as a modality, you should remember the following general principles:

18.3.3.1. Don’t Use Speech as an Add-On Feature

It's poor design to just bolt speech recognition onto an application that is designed for a
mouse and keyboard. Such applications get little benefit from speech recognition. Speech
recognition is not a replacement for the keyboard and mouse, but in some circumstances it is
a better input device than both. Speech recognition makes a terrible pointing device, just as
the mouse makes a terrible text entry device, or the keyboard is bad for drawing. When
speech recognition systems were first bolted onto the PC, it was thought that speaking menu
names would be really useful. As it turns out, very few users use speech recognition to ac-
cess a window menu.

18.3.3.2.  Give Users Options

Every feature in an application should be accessible from all input devices: keyboard,
mouse, and speech recognition. Users naturally use whichever input mechanism provides
them the quickest or easiest access to the feature. The ideal input device for a given feature
may vary from user to user.

18.3.3.3. Respect Technology Limitations

There are a number of examples of poor use of speech recognition. Having a user spell out
:::iis tlif a bad idea for most recognizers, because they are too inaccurate unless you con-
B e rflzognxzer for spellmg: An engine g-er.xerally bas a hard tirpe detecting mul%xple
tlon s fi talking over each‘other in tbe same digital-audio stream. This ‘means that a dicta-
" ystem used to transcribe a meeting will not perform accurately during times when two
' more people are talking at once. An engine cannot hear a new word and guess its spelling
unless the word is specified in the vocabulary. Speakers with accents or those speaking in
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nonstandard dialects can expect more errors until they train the engine to recognize their
speech. Even then, the engine accuracy will not be as high as it would be for someone with
the expected accent or dialect. An engine can be designed to recognize different accents or
dialects, but this requires almost as much effort as porting the engine to a new language.

18.3.3.4. Manage User Expectations

When you design a speech recognition application, it is important to communicate to the
user that your application is speech aware and to provide him or her with the commands it
understands. It is also important to provide command sets that are consistent and complete.
When users hear that they can speak to their computers, they instantly think of Star Trek and
2001: A Space Odyssey, expecting that the computer will correctly transcribe every word
that they speak, understand it, and then act upon it in an intelligent manner. You should also
convey as clearly as possible exactly what an application can and cannot do and emphasize
that the user should speak clearly, using words the application understands.

18.3.4. Dialog Flow

Dialog flow is as important to speech interface as screen design is to GUI. A robust dialog
system is a prerequisite to the success of the speech interface. The dialog flow design and
the prompting strategy can dramatically improve user experience and reduce the task com-
plexity of the spoken language system.,

18.3.4.1. Spoken Menus

Many speech-only systems rely on tree-structure spoken menus as the main navigation vehi-
cle when no sophisticated dialog system is used. The design of these menus is, therefore,
critical to the usability of the system. If there are only two options, you can have “Say ! for
yes, or 2 for no.” However, if a menu has more than two options, you should describe the
result before you specify the menu option. For example, you want to have the system say
“For email say 1. For address book say 2...” instead of “‘Say 1 for email. Say 2 for address
book....”-This is because the user may forget which choice he wants before hearing all the
menu options.

You should not use more than five options at eacih level, If there are more than five,
you should consider submenus. It is important to place the most frequently used options at
the top of the menu hierarchy.

You should also design the menu so that commands sound different. As a rule of
thumb, the more different phonemes you have between two commands, the more different
they sound to the computer. The two commands, 8o and no, only differ by one phoneme, so
when the user says, “Go” the computer is likely to recognize “No.” However, if the com-
mands were “Go there” and “No way” instead, recognition would be much easier.
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18.3.4.2. Prompting Strategy

When you design the prompt, use as few words as possible. You should also a
personal pronoun when asku?g the user to resp.ond th) a question. This gives the user less to
remember. as speech output is slow and one-dimensional. Typical users are able to remenm.
ber three to four menu or prompt.oplxons at‘a time. \_(ou should also allow users to interrupt
the computer with barge-in techniques, as discussed in Chapter 10,

It is often a good idea to use small steps to query the user at each step if application
has a speech-only interface progressively. You can start with short high-level prompts such
as “How can [ help you?” If the user does not respond appropriately, the system can provide
a more detailed prompt such as “You can check your email, calendar, address book, and
your home page.” If the user still does not respond c_orrectly, you can give a more detailed
response to tell the user how to speak the appropriate commands that the computer can
understand.

If the application contains users’ personal information, you may want to treat novice
users and experienced users differently. Since the novice users are unfamiliar with the sys-
tem and dialog flow, you can use more detailed instructions and then reduce the number of
words used the next time when the user is going through the same scenario.

void using a

18.3.4.3. Prosody

For TTS, prosodic features, including pitch, volume, speed, and pause, are very important
for the overall user experience. You can vary pitch and volume to introduce new topics and
emphasize important sections. Increased pitch dynamic range also makes the system sound
lively.

Users tend to mimic the speed of the system. If the system is reacting and speaking
slowly, the user may tend to slow down. If the computer is speaking quickly, the user may
speed up. An appropriate speech rate for natural English speech is about 150 to 170 words
per minute.

Pauses are important in conversation, but they can be ambiguous, too. We generally
use pauses to suggest that it is the user’s tumn to act. On the other hand, if the system has
requested a response from the user and the user has not responded, you should use the time-
out period (typically 10 seconds) to take appropriate actions, which may be a repeat of a
more detailed prompt or may be a connection to an operator. People are generally uncom-
fortable with long pauses in conversation. If there are long pauses in the dialog flow, people
fend to talk more and use less meaningful words, resulting in more potential errors.

18.4. INTERNATIONALIZATION

}T:‘o meet the demands of international markets you need to support a number of languages.
or example, Microsoft Windows 2000 supports more than 40 languages. Software interna-
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tionalization typically involves both globalization and localization phases. Globalization‘ is
the process of defining and developing a product such that its core features and code design
do not make assumptions about a single language. To adapt the application for a specific
market, you need to modify the interface, resize the dialog boxes, and translate text to a spe-
cific market. This process is called localization. The globalization phase of software interna-
tionalization typically focuses on the design and development of the product. The product
designers plan for locale-neutral features to support multicultural conventions such as ad-
dress formats and monetary units. Development of the source code is typically based on a
single code base to have the capability to turn locale-specific features on and off without
modifying the source code, and the ability to correctly process different character encoding
methods. Products developed with the single worldwide binary model typically include
complete global functionality, such as support for Input Method Editors used in Asian lan-
guages and bidirectional support for Arabic and Hebrew languages.

In addition to the most noticeable change in the translated UI, spoken language en-
gines such as speech recognition or text-to-speech synthesis require significant undertakings.
You need to have not only the lexicon defined for the specific language but also a large
amount of speech and text data to build your acoustic and language model. There are many
exceptional rules for different languages. Let’s take dictation application as an example.
When you have inverse text normalization, whole numbers may be grouped differently from
country to country, as shown in Table 18.3. In the United States, we group three digits sepa-
rated by a comma. However, many European locales use a period as the number separator,
and Chinese conventions typically do not group numbers at all.

Table 18.3 Examples of how numbers are grouped by different locales for inverse text nor-

malization.
123,456,789.0 United States and most locales
123456789.0 Chinese
12,34,56,789,0 Hindi

For the speech recognition engine localization, there are a number of excellent studies
on both Asian [5, 15, 16, 21, 24, 32, 34, 37] and European languages [7, 8, 20, 22, 27, 31,
40]. Many spoken language processing components, such as the speech signal processing
module, the speech decoder, and the parser, are language independent. Major changes are in
the content of the engine, such as the lexicon and its associated processing algorithm, the
grammar, and the acoustic model or language model parameter.

In general, it is easier to localize speech recognition than either text-to-speech or spo-
ken language understanding. This is because a speech recognition engine can be mostly
automatically derived from a large amount of speech and text data, as discussed in Chapters
9 through 13. For Chinese, you need to have special processing for tones, and the signal-
processing component needs to be modified accordingly [4]. For both Chinese and Japanese
the lexicon also needs to be carefully selected, since there is no space between words in the
lexicon [12, 46]. As discussed in Chapter 17, the parser can be used without much modifica-
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