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 Abstract 
We examine architectures for mobile speech applications. These use 
speech engines for synthesizing audio output and for recognizing au-
dio input; a key architectural decision is whether to embed these 
speech engines on the mobile device or to locate them in the network. 
While both approaches have advantages, our focus here is on net-
worked speech application architectures. Because user experience 
with speech is greatly improved when the speech modality is coupled 
with a visual modality, mobile speech applications will increasingly 
tend to be multimodal, so speech architectures therefore must sup-
port multimodal user interaction. Good architectures must reflect 
commercial reality and be economical, efficient, robust, reliable, and 
scalable. They must leverage existing commercial ecosystems if pos-
sible, and we contend that speech and multimodal applications must 
build on both the web model of application development and deploy-
ment, and the large ecosystem that has grown up around the W3C’s 
web speech standards.  
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Software Architectures for Networked  
Mobile Speech Applications 

James C. Ferrans and Jonathan Engelsma 

Abstract. We examine architectures for mobile speech applications. These use speech 
engines for synthesizing audio output and for recognizing audio input; a key architec-
tural decision is whether to embed these speech engines on the mobile device or to locate 
them in the network. While both approaches have advantages, our focus here is on net-
worked speech application architectures. Because user experience with speech is greatly 
improved when the speech modality is coupled with a visual modality, mobile speech 
applications will increasingly tend to be multimodal, so speech architectures therefore 
must support multimodal user interaction. Good architectures must reflect commercial 
reality and be economical, efficient, robust, reliable, and scalable. They must leverage 
existing commercial ecosystems if possible, and we contend that speech and multimodal 
applications must build on both the web model of application development and deploy-
ment, and the large ecosystem that has grown up around the W3C’s web speech stan-
dards. 

14.1 Introduction 

In this chapter we explore architectures that support multimodal user interaction on 
mobile devices. Our particular emphasis is on those architectures that rely on speech 
engines located in the network instead of on the device. We will briefly survey the 
current state of speech recognition, then describe how voice-only applications have 
rapidly shifted to a standards-based web model of development and deployment. 
Because mobile devices already have very capable visual modalities, and because 
combining a voice and a visual modality greatly improves the user experience on 
mobile devices, mobile voice applications will increasingly be multimodal. After 
providing this background we present a conceptual model for categorizing multimo-
dal architectures, describe several commercial multimodal systems, and discuss the 
standards needed before wide adoption of multimodal systems can occur. Our dis-
cussion is informed by a commercial-grade multimodal system developed by Mo-
torola and partner companies. 
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14.1.1 Embedded and Distributed Speech Engines 

Mobile devices first supported “speech recognition” via simple template matching: 
to enable voice dialing, the user first trained an embedded template matching algo-
rithm by providing it with an audio input sample to associate with each phone book 
entry. To voice dial, the user would repeat the name or phrase associated with that 
contact, and the algorithm would compare the new audio sample against the stored 
waveforms to determine the contact to call. This approach is speaker-dependent and 
suffices for up to a few hundred contacts. 

True speech recognition became practical commercially about a decade ago, and 
took two forms. Transcription systems on desktop PCs were speaker-dependent and 
required high-quality microphones and a quiet environment. The user would spend 
perhaps ten or fifteen minutes reading sample sentences to train the system, which 
would then do a fairly credible job of transcribing what the user said.  

The second form of commercial speech recognition to arrive in the mid to late 
1990s was the network-based speech recognizer. These were reached over circuit-
switched voice calls and were speaker-independent. Instead of being able to tran-
scribe all of a single user’s speech based on a relatively large dictionary, network-
based speech recognizers could understand many users but had to be given strict 
constraints on what to expect them to say. Constraints were specified by context-free 
grammars much like those used to specify programming languages. So while a 
grammar based speech recognizer achieved speaker-independence by limiting what 
users can say, a transcription base speech recognizer achieved grammar independ-
ence by limiting the users who can speak with it. 

As mobile devices have become more powerful, it became possible to embed 
grammar-based speech recognition systems on them. They remain less capable than 
their larger cousins running on network-based computers. They typically support 
vocabularies in the ten to twenty thousand word range, and take up roughly ten 
megabytes of storage. As a rule of thumb, network-based and desktop speech recog-
nizers have vocabularies ten times larger than embedded recognizers, and have pro-
portionately greater hardware requirements. 

Transcription systems are now just starting to appear on mobile devices, where 
voice entry of SMS messages and email is a very valuable use case. So far these have 
had mixed results. Transcription systems are also moving into network-based server 
farms in configurations that support speaker-independent recognition, which is po-
tentially a very significant development. 

Speech recognition has steadily improved over the years, both in the network and 
on devices. We will see more speaker-independence, less restriction on what people 
can say, and other advances, although challenges remain (Deng 2004). 

Speech synthesis has made parallel gains. Older formant-based systems synthe-
sized speech from acoustic models, and tended to sound rather unnatural. But these 
are giving way to concatenative systems that string together segments of pre-
recorded speech samples to sound far more human. As with speech recognition, 
speech synthesis systems based in the network are more advanced than those embed-
ded on mobile devices. 
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14.1.2 The Voice Web 

By the mid-1990s, speech technologies had matured to a point where voice applica-
tions could begin to displace existing touch-tone (DTMF) applications. Voice appli-
cations were initially deployed on proprietary interactive voice response (IVR) sys-
tems, which were connected to the public switched telephony network (PSTN) with 
specialized hardware that supported banks of incoming analog lines or digital T1 or 
E1 lines. In addition to integration with the PSTN, an IVR system contained speech 
engines, one or more voice applications, and also the back-end business logic, data-
base interfaces, and legacy application interfaces needed to integrate the voice appli-
cations with the existing infrastructure. The proprietary nature of IVR systems meant 
that voice applications were costly to deploy, and difficult to port to other platforms. 

In the mid 1990s, researchers at AT&T exploring ways to best implement web 
services realized that the web model for application development and delivery was as 
well suited for voice applications as it was for visual ones: it made no difference at 
all if the user was interfacing with microphone and speaker instead of a keyboard 
and display (Atkins, Ball, Baran, Benedikt, Cox, Ladd, Mataga, Puchol, Ramming, 
Rehor, and Tuckey 1997). The web model enables and encourages a clean division 
between each application’s interface and its back-end business logic. All the applica-
tion’s legacy system integration, database access, and business logic could be fac-
tored out of the IVR platform and onto standard application web servers, using the 
rich variety of tools developed for visual web applications, and leveraging the sim-
plicity of web application deployment. 

This factoring required standards that would enable any IVR platform to render 
the same backend web application to callers in the same way.  Standard web proto-
cols such as HTTP and TCP/IP would be used of course, and resources such as audio 
files would be delivered to the IVR platform the same way as they would to a visual 
web browser. But how would the web application convey voice dialogs to the IVR 
platform? Some researchers proposed augmenting HTML with voice dialog con-
structs, but most concluded that the unique aspects of voice dialogs – the need to 
manage temporal flow, handle input errors, resolve ambiguous inputs, specify tim-
ings, and so on – required a new markup language. 

Some early voice markup languages were AT&T’s PML (Atkins, et al. 1997), 
HP’s TalkML (Raggett 1999), IBM’s SpeechML, and Motorola’s VoxML (Ladd, 
Hay, McClaughrey, and Ferrans 1999). Commercial realities dictated there be only 
one, so in early 1999 AT&T, IBM, Lucent, and Motorola created the VoiceXML 
Forum, whose purpose was to develop a standard language. The Forum published 
VoiceXML 1.0 (Boyer, Danielsen, Ferrans, Karam, Ladd, Lucas, and Rehor 2000) 
and then gave it to the World-Wide Web Consortium (W3C) which published the 
VoiceXML 2.0 Recommendation (McGlashan, Burnett, Carter, Danielsen, Ferrans, 
Hunt, Lucas, Porter, Rehor, and Tryphonas 2004). 

The industry eagerly adopted the VoiceXML standards, because they were a first 
major step in the disaggregation of proprietary IVR platforms into interchangeable 
components based on open standards. The IVR platform was transformed into a 
generic VoiceXML voice server, and it now rendered standard voice web applica-
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tions hosted on standard application web servers (see Fig. 14.1). Web development 
and deployment technologies, coupled with these new standards, dramatically drove 
down the cost of voice applications, so that today literally billions of calls are proc-
essed each year by VoiceXML-based voice servers, and applications as large as the 
North American Directory Assistance service are based on VoiceXML. 

 
Fig. 14.1. Voice web architecture. 

These new voice server platforms have become further commoditized by stan-
dards closely related to VoiceXML. The first is the Internet Engineering Task Force 
(IETF) Media Resource Control Protocol (MRCP), whose goal is to provide a stan-
dard control interface to speech engines, to make them easily interchangeable 
(Shanmugham, Monaco, and Eberman 2006). Developed with VoiceXML servers in 
mind, MRCP can be adapted to other contexts. It is comparable to HTTP, with each 
textual request to the speech engines specifying the prompts to play and the speech 
grammars to listen for, and each corresponding textual responses from the speech 
engines giving the recognition results. MRCP makes it far easier to integrate new 
speech engines into a voice server, to give it better speech technologies, customize it 
for new locales, or simply switch to a lower cost supplier. 

While MRCP is the protocol for the control of speech engines and other media 
resources, Voice over Internet Protocol (VoIP) standards like the Session Initiation 
protocol (SIP) (Rosenberg, Schulzrinne, Camarillo, Johnston, Peterson, Sparks, 
Handley, and Schooler 2002) and RTP are protocols for directing audio streams to 
and from the speech engines (Sutherland and Danielsen 2006).  

The first benefit of VoIP to the voice platform architect is that specialized hard-
ware terminating incoming PSTN lines no longer needs to be located inside the voice 
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server platform itself. A media gateway can now terminate the lines and convert their 
time-division multiplexed (TDM) audio streams into VoIP. This significantly drops 
the hardware costs and makes the overall system more flexible. Without VoIP, the 
incoming audio channels need to be terminated at a telephony hardware card at-
tached to some machine in the voice server, either one running speech engines or one 
doing media gateway-like conversion of the TDM audio into IP packets for process-
ing in speech engines on another machine. This means that machines must handle 
some multiple of the incoming PSTN line size. In North America this typically 
means the speech engine box has to support one or more 23-channel T1 lines, while 
in Europe it has to handle one or more 31-channel E1 lines. If the box could com-
fortably handle, say 80 incoming calls instead of 69 (three T1s) or 62 (two E1s), that 
extra capacity is wasted. With VoIP, the media gateway can deliver exactly the right 
amount to each box so that fewer are needed. And VoIP-based voice platforms can 
serve pure IP traffic such as Skype calls directly, with no need for a media gateway. 

The combination of MRCP and VoIP also allows the architect of a voice server 
platform to cleanly separate the VoiceXML dialog interpreter from the speech en-
gines and place them in various convenient and efficient topologies. For example, 
platforms are usually composed of self-contained “pods” of machines, each of which 
operates independently and handles several hundred callers. A pod supporting two 
hundred callers had to dedicate a speech recognizer channel to each possible incom-
ing call, but now with MRCP and VoIP they can easily get by with, say, fifty speech 
recognizers, each of which is shared among many calls. For each prompt and collect 
cycle, a VoiceXML interpreter will use SIP to establish a session to an available 
speech recognizer and a media player and to set up the RTP audio pathways to each. 
Then the interpreter will use MRCP to tell the engines what to play to the user and 
what to listen for. When MRCP returns the recognition results are returned to the 
VoiceXML interpreter, the interpreter closes the SIP session to release the speech 
engines for another caller to use. This greatly increases the scalability and flexibility 
of the voice server platform architecture. This efficiency is possible because people 
interacting with voice applications spend much more time listening and thinking than 
they do speaking. 

The W3C’s Call Control XML (CCXML) is a final standard used to open up 
voice server platform architectures. VoiceXML cleanly separates the application and 
business logic from the voice platform, MRCP provides a generic “plug-and-play” 
control interface to the speech engines, and VoIP standards enable very flexible 
internal audio pathways in the voice server platform. But the VoiceXML interpreter 
is still coupled to platform-dependent call control operations for accepting incoming 
calls, placing outgoing calls, disconnecting calls, transferring calls, etc. Call control 
needs to be factored out in a standard way, and this is what CCXML enables (Au-
burn 2007). A CCXML interpreter now becomes part of the platform, and is driven 
by web pages in the CCXML markup language. These tell the interpreter how to 
establish and tear down call legs between two or more human and computer end-
points. The platform then uses CCXML to start up sessions and to bring in new par-
ticipants as needed (as in teleconferences). A VoiceXML interpreter participating in 
such a session implements its call control operations by sending markup to the 
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CCXML interpreter. Platform dependent call control interfaces are now encapsulated 
inside the CCXML interpreter. 

We covered these topics at some length to convey something of the scale and 
commercial importance of the voice web, and to lay groundwork to return to later in 
our discussion. It turns out that this sophisticated network infrastructure, with only 
minor change, can support multimodal applications as well as voice-only applica-
tions. Multimodal architectures that leverage the VoiceXML-based voice web eco-
system will therefore have significant commercial advantages. 

14.1.3 Multimodal User Interfaces 

Mobile devices are physically small, making interaction with the keypad, stylus, and 
display relatively difficult. These difficulties are compounded when we have acces-
sibility problems like arthritis or poor eyesight. “Situational impairments” are also 
problematic: we may be wearing gloves, walking on an uneven sidewalk, or trying to 
read the screen in bright sunlight. Various user studies quantify these difficulties: a 
joint study at Columbia and Google analyzed one million Google Mobile Search 
queries and found that the average time to enter even short one to four character 
search terms on a mobile keypad was over 40 seconds, with 30-34 character searches 
taking over 90 seconds. Stylus input was faster, at 25 and 50 seconds respectively 
(Kamvar and Baluja 2005). 

These times are very problematic from a usability standpoint. But while mobile 
devices are poor at keypad entry, they are highly optimized for audio interaction, 
which makes voice input especially attractive in mobile search: assuming the speed 
and accuracy of the system is high enough, speech entry of search terms can take just 
a few seconds. 

But pure speech applications have their own issues. We do not want to blurt out 
personal information, and complex spoken output is much harder to remember than 
visual output. Speech interfaces have their own accessibility issues, eg, for people 
with accents and hearing problems, and they have associated situational impairments 
such as background noise and laryngitis. 

Conveniently, the weaknesses of mobile visual user interfaces are offset by the 
strengths of speech user interfaces: while it is slow and difficult to type (or even 
spell) Albuquerque in a mobile airline application, it is quite fast and easy to say it.  
And likewise, the strengths of visual interfaces offset the weaknesses of speech inter-
faces: visual information often is faster to process and remember than spoken infor-
mation, while disambiguation of speech input can be done quickly with a visual 
drop-down menu of the alternatives (Oviatt 2000). The weaknesses of one modality 
are offset by the strengths of the other, which makes mobile multimodal applications 
very attractive (Suhm, Myers, and Waibel 2001). 

14.1.4 Distributed Speech Recognition 

Speech recognizers should be given the highest quality audio input to reduce mis-
recognition, but telephony channel quality is generally not of the best quality. Land-
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lines deliver only about 4 kHz of bandwidth, though they are circuit-switched and 
tend not to drop segments of audio. Mobile audio channels use codecs that favor low 
bandwidth over audio fidelity, and they also drop packets. IP telephony channels can 
also drop packets, but their codecs can use more bandwidth. 

To deliver high-quality audio to speech recognizers over mobile channels, the 
ETSI Aurora group developed the Distributed Speech Recognition (DSR) standards 
(Pearce 2000). They achieve this by moving the earliest stage of audio processing 
from the speech recognizer to the mobile device. This stage converts the raw audio 
into a digital stream of audio samples, called feature vectors. These are encoded in 
an RTP stream transmitted by a UDP/IP data channel to the speech recognizer. In 
this way channel loss is reduced, the fidelity of the audio signal is kept high, and 
bandwidth is reduced. Moreover, DSR front-ends on mobile devices can do special 
processing to eliminate background noise, approximately halving the error rate due 
to background noise (Pearce 2004). 

These benefits are substantial, but compete against alternative approaches such as 
using existing audio channels and accepting higher recognition error rates, or ship-
ping the full raw audio over reliable broadband connections to the speech server. The 
best chance for widespread adoption of DSR will be to pair it with distributed mul-
timodal systems, since its benefits are synergistic with those of multimodal systems. 

14.1.5 Multimodal Architectures 

The Open Mobile Alliance (OMA) is a standards group formed in 2002 to develop 
open standards for the mobile phone industry. It consists of mobile operators, device 
manufacturers, software vendors and others. One of their working groups is Browser 
Technologies, and a subgroup called Mobile Application Environment recently pub-
lished a conceptual multimodal architecture (Open Mobile Alliance 2006). 

This architectural view is at a high enough level to cover cases where the speech 
engines are in the network and cases where they are embedded on the device.  Figure 
14.2 illustrates the key entities in their architecture. Each user interface modality is 
controlled by a user agent (UA), which has zero or more processing engines (PEs) 
supporting it. A web browser is a canonical example of a user agent for the visual 
modality; one of its processing engines might be its input processing subsystem, 
another processing engine could be the subsystem that renders output using HTML, 
CSS, and so on. Similarly, a VoiceXML-based voice browser is a user agent: its 
speech recognizer is a processing engine for speech input, and its audio output sub-
system, which includes speech synthesis, forms a second processing engine. 

Multimodal systems are those that have at least two user agents (modalities). 
Typically, they are comprised of a visual modality and a voice modality, but many 
other combinations are possible. For example, we can add in a third modality for 
hand-writing recognition and, perhaps, cursive handwritten output. A haptic modal-
ity can be driven by motion input detected by a three-axis accelerometer and can 
generate motion output by causing a transducer to vibrate at various frequencies: 
using it you could turn pages by flicking the phone left and right, and get feedback 
when you try to go beyond the first or last page through feeling a particular vibra-
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tional pattern.  A pulse sensor could be part of an input-only modality used in well-
ness applications: during physical activity, the pulse modality can be linked to an 
audio output modality that coaches the user on how intensely to exercise. 

 
Fig. 14.2. Conceptual multimodal architecture (OMA). 

Some fairly unusual multimodal systems have been developed using modalities 
other than speech. A head-mounted sensor can track one’s gaze to determine what is 
being looked at, and therefore forms a sort of ocular input modality. An “emotional” 
input modality is even within reach of current technology: several startups are work-
ing with low-cost electroencephalogram (EEG) sensors that measure “focus” and 
“tranquility”. At the Consumer Electronics Show in 2006, a startup called NeuroSky 
demonstrated a multimodal computer game with three modalities: (1) a standard 
computer display showing a 3D world of objects, (2) a head-mounted gaze sensor to 
pick out what object the player is looking at, and (3) a head-mounted “emotion” 
sensor that measured focus and tranquility. The system caused objects looked at with 
a high degree of focus to be moved closer to the player, and caused objects looked at 
with tranquility to float off the floor (NeuroSky 2007). 

When using a speech modality, the visual modality need not be a standard form-
based interface or web browser. It could be a game engine (Zyda, Thukral, Jakatdar, 
Engelsma, Ferrans, Hans, Shi, Kitson, and Vasudevan 2007) or an avatar interface. 

Modalities may or may not support both input and output. A voice modality can 
have speech recognition but not generate audio prompts. Or the visual modality can 
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be used for output but not for input. An example illustrating this point is a Bluetooth 
service discovery application that features speech input and visual output to connect 
rapidly to location-based services (Engelsma and Ferrans 2007).  

Returning to the OMA conceptual architecture in Figure 14.2, there is a need to 
coordinate the user agents (modalities). For instance, the results of a speech recogni-
tion may affect the visual display (ie, field values are updated) or a typed input value 
affects the active speech recognition grammar. The interaction manager (IM) is the 
OMA architectural element that effects this coordination: it synchronizes the data 
and execution flow between the user agents. 

Multimodal applications generally do not operate in a vacuum and therefore must 
obtain external information and update external state. A weather application needs to 
look up weather conditions, download spoken weather reports, download radar im-
ages and other visuals, and download advertisements. It also might upload user pref-
erences. The OMA architectural element representing the external world is called the 
backend, and the IM communicates with the backend. The backend is generally the 
web and all its applications and services, but in a self-contained system it might be a 
local web server, a set of local files, etc. The minimal backend is probably a static 
specification file defining a multimodal dialog. 

In practice of course a real multimodal system will differ from this ideal view. A 
visual web browser’s processing engines are not necessarily distinctly separable, 
since input and output have close cross linkages. And it is very common for each 
user agent to fetch needed resources directly from the backend rather than use the IM 
as a client-side proxy. But overall, the OMA model is a very helpful tool for under-
standing and comparing variant multimodal architectures. 

Looking again at Fig. 14.2, one can draw a horizontal line across it at various 
heights to effect divisions between client and server components. Each possible 
division defines a class of multimodal architectures. Draw the line at the top, with 
only the backend above it, and it describes the family of multimodal architectures 
with everything resident on the device. Draw the line above the visual modality’s 
user agent (“UA A”), and you describe a family where everything but the visual user 
agent is in the network. We will explore these families in more depth later. 

14.1.6 Simultaneous and Sequential Multimodality 

Multimodal systems are divided into two broad categories depending on whether the 
user interacts with the modes simultaneously or not. In a simultaneous multimodal 
system, more than one mode is active at the same time. In a sequential multimodal 
system only one mode is active at any time. A simultaneous multimodal map appli-
cation could both display a map and play a voice prompt at the same time, and allow 
input by keypad, touch screen, or voice at any time. For instance the user could se-
lect a “zoom in” menu item or say “zoom in” (Maes and Saraswat 2003). 

A sequential multimodal map application would only have one mode active at a 
time. For example, the user could place a voice call to establish the current location 
and the destination for a trip, hang up, and then start a visual application that 
downloads this information and the turn-by-turn directions for that route. Or in a 
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sequential stock trading application the user might again interact first by voice, then 
later get an SMS or multimedia message containing a trade confirmation. Sequential 
multimodal systems offer some of the same advantages as simultaneous multimodal 
systems, but are less complex to architect and implement. 

Simultaneous multimodal systems are further subdivided into composite and non-
composite multimodal systems. In a non-composite multimodal system the inputs 
from the various modalities are independent and are presented to the application in 
the order that they occur, even if they occur at nearly the same time. In a composite 
multimodal system, inputs from two or more modalities that occur at or close to the 
same time are considered to be a single coordinated input, so they must be composed 
or “fused” into a single input before being given to the application. Take an applica-
tion for finding out movie theater shows and show times. In a non-composite ap-
proach the user might first select a theater from a list or a map, and then a moment 
later say “show times, please”. In a composite approach, the user might draw a circle 
around a theater push-pin on the map while saying “show times” (Maes 2003). Com-
posite multimodal systems are potentially faster and easier to use, but have not yet 
been introduced commercially. 

14.1.7 Mode Composition 

The OMA architectural model supports hierarchical decomposition: a user agent can 
itself be decomposed into an interaction manager and two or more lower level user 
agents. For example, consider adding a new voice modality to an existing user inter-
face that supports visual output, input from the keypad, input from a virtual keyboard 
with touch screen and stylus, and input by handwriting recognition with the stylus. 
The existing user interface is already multimodal, and so must consist of an interac-
tion manager, a couple of lower level user agents, and some internal processing en-
gines (eg, the handwriting recognizer). To add the new voice modality then, one has 
to add the voice modality’s user agent and processing engines, and couple the voice 
user agent to the existing system with a new higher level interaction manager. 

14.2 Classes of Multimodal Architectures 

We now turn to how best to architect a multimodal system. We consider only simul-
taneous multimodality: sequential systems are a kind of “degenerate” case of simul-
taneous multimodality where a relatively lengthy context switch has to take place to 
shut down one mode and activate another. Simultaneous multimodal systems require 
much tighter coordination, and hence are more difficult to architect than sequential 
multimodal systems. 

Architecting a multimodal system is a complex process with no one right solu-
tion: each family of multimodal architectures has its own comparative advantages. 

Figure 14.3 shows the OMA conceptual multimodal architecture with five alter-
native horizontal dividing lines between client and server. Each division identifies a 
family of simultaneous multimodal architectures. We consider only the very com-
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mon case of a visual modality plus a voice modality: other architectural families are 
possible when combining other modalities. 

 
Fig. 14.3. Five families of simultaneous multimodal architectures. 

14.2.1 Fully Embedded or “Fat Client” (a) 

Let’s consider each class in turn. First we consider the case where every component 
is placed on the mobile device. 

Dividing line (a) places only the backend on the server1. All other components 
are on the mobile client: the visual modality, the voice modality, and the interaction 
manager linking them together. This approach is necessary if multimodal applica-
tions must operate when the device is not connected to a network, but it requires a 
fairly powerful device. On the surface it would seem to be the class of multimodal 
architecture that makes the least use of network bandwidth, but that depends in large 

                                                           
 
 
 
1 Here and subsequently we gloss over the special, and relatively rare case where 

the application backend is entirely local to the client device. 
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part how self-contained the speech applications are. An embedded driving direction 
application with voice entry of addresses would need to download huge speech 
grammar files for each town or postal code, but a networked driving direction appli-
cation would only have to send a relatively short audio stream up to the voice server. 

One instance of this architecture is a prototype created by IBM and Opera on a 
Windows Mobile handset (Kennedy 2005). In this prototype, the visual user agent is 
the Opera XHTML browser, and the voice user agent is an IBM embedded 
VoiceXML 2.0 interpreter. The processing engines for the voice user agent are from 
IBM (embedded ViaVoice). The interaction manager is IBM client middleware. 

This prototype’s demonstration application was voice-activated local search. 
Search terms were entered by voice, and after each term was recognized on the de-
vice, it was sent to the Yahoo local search web service to obtain the results. Mobile 
local search is a very compelling multimodal application: it is valuable to people, 
requires rich visual output, and works far better with voice input than with keypad 
input. The IBM application is authored in the XHTML+Voice Profile (X+V) markup 
language, a clean unification of XHTML for the visual modality and VoiceXML for 
the voice modality (Axelsson, Cross, Ferrans, McCobb, Raman, and Wilson 2004). 

14.2.2 Distributed Processing Engines (b) 

Dividing line (b) defines the class of multimodal architectures where the speech 
engines are distributed to a network-based voice server, but nothing else is. (A vari-
ant on this would be to distribute the speech recognizer, but leave the speech synthe-
sizer on the device.) The natural protocol to communicate with distributed speech 
engines is MRCP, which as described above is the IETF’s textual protocol, patterned 
after HTTP, that sends prompt-and-collect requests to the speech engines and gets 
recognition results in the corresponding responses (Shanmugham 2006). Before we 
talk about this family of architectures in particular, we will take a lengthy discursion 
into the benefits of placing speech engines in the network. 

There are some very highly significant advantages to distributing speech engines. 
If they are on the device they take up substantial memory, even though only a minor-
ity of device owners may be using them. They are also compute-intensive, which can 
make battery drain an issue (Delaney, Simunic, and Jayant 2005). Administration is 
far easier if speech engines are on the network: it is much more efficient to patch the 
speech recognizer on a thousand voice servers than ten million mobile devices. The 
speech application itself is much easier to tune and update in a distributed architec-
ture: usability experts can listen to recorded sessions to find places where users run 
into difficulties, and use that data to revise prompts and tune speech grammars. Test-
ing itself is much easier, since only one set of speech engines must be tested, not a 
multiplicity of speech engines and versions on scores and hundreds of different types 
of mobile device. 

A final advantage of distributing speech engines to the network is that it can 
greatly minimize network traffic and delay in many common scenarios. The speech 
recognizer needs to have both the audio to recognize, and compiled speech recogni-
tion grammars to tell it what to look for. The audio originates on the handset, while 
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the grammars originate in the backend application. There are two pathways into the 
speech recognizer: the inexpensive high-speed wired network, or the expensive, 
slower-speed wireless network. The relative size of the audio and the speech gram-
mars, the frequency of change in the speech grammars, and the speeds of the two 
networks all must be taken into account by the architect in deciding where to place 
the speech recognizers.  

One anti-pattern to avoid is using an embedded speech recognizer driven by huge 
frequently changing speech grammars generated in the network. For example, if the 
user is browsing an online music store with five million songs divided into a hundred 
categories of 50,000 titles per category, with new titles added each day, then each 
day and for each category the user triggers a speech recognition grammar download 
of perhaps five megabytes, and an embedded grammar compilation step that together 
might take five to ten minutes and substantial battery power. In this case, it is far 
better to send up a couple of kilobytes of DSR-compressed audio to the voice server: 
the results will be back in a couple of seconds, and the battery will barely be af-
fected. This tradeoff turns out to be fairly common: think of mobile search, map 
applications with points of interest being added and removed each day, corporate 
directory access, access to back end enterprise data, looking for auctions on eBay, 
ordering books from Amazon, and so on2.  

On the other hand, if the application backend is on the mobile device, it is better 
to do the speech recognition on the device, otherwise the device would have to gen-
erate a potentially large speech grammar for the network-based speech recognizer. 

This tradeoff is captured in the Pearce Principle (Pearce 2002), which states that 
speech recognition should be done at the point closest to the location of the speech 
grammar being listened for. This provides a rational for hybrid speech recognition 
systems, which leverage local recognition for local applications, and remote recogni-
tion for network-based applications3. This is similar to the data-intensive supercom-
puting principle of locating computation where the data resides, rather than moving 
the data to the point of computation (Bryant 2007). This insight has also long been 
known in the area of query processing in distributed databases.  

Returning from our discursion into the virtues of distributed speech engines, the 
Distributed Processing Engines family of distributed multimodal architectures has a 

                                                           
 
 
 
2 One optimization would be to do the grammar compilation in the network in-

stead of the device, but then each application needs to have the grammar compiler 
for each possible mobile device configuration, and know each device’s configura-
tion, a complex task. Even if this reduced data transmission, battery drain, and 
elapsed time by an order of magnitude, the resulting delay would still make the ex-
perience very painful for the user. 

3 When high-quality embedded transcription engines become practical, and appli-
cation developers take advantage of them, the dynamics change: transcription sys-
tems do not use speech grammars. 
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significant disadvantage in that it requires MRCP or a protocol at the same level to 
go over the wireless network to the server hosting the speech engines. This is rela-
tively expensive in terms of bandwidth and round trips: MRCP was designed to be a 
lower-level protocol used within a voice server platform and hence it has many 
more, and much larger messages than a higher level protocol would have. 

14.2.3 Thin Client (d) 

We will return to architectural family (c) after we discuss (d) and (e). 
Family (d) is the “thin client” multimodal architecture. This places the full voice 

modality in the network, along with the interaction manager. This approach is fairly 
balanced for contemporary mobile devices and networks. It turns out to be second 
best in terms of network bandwidth, but there can be some awkwardness in writing 
applications where some logic has to be broken out into an explicit interaction man-
ager off in the network. But overall it shares many virtues with family (c), which we 
believe edges it out in desirability. 

14.2.4 Remote Visual Interface (e) 

With the dividing line drawn beneath the visual user agent, as in (e), we have an 
architecture class where everything but the visual user interface rendering and the 
input subsystem is distributed to the server. A protocol for driving a remote user 
interface needs to be developed, and the mobile device just contains a module that 
does the lower levels of the visual user interface. Most of the logic driving the visual 
user interface is in the network.  

This is the same approach that the X Window System takes. One instantiation of 
the Remote Visual Interface architecture would be to put an X Server on the mobile 
device and drive it from an X Client in the network. They would communicate with 
the X11 protocol. In this approach, the X Server corresponds to the OMA visual 
processing engines and the X client corresponds to the OMA visual user agent.  

Auvo, an early multimodal startup (ca. 2000-2002), used this architecture, but un-
fortunately they were years ahead of the market and ran out of funding. 

The main drawback of remoting the visual user interface over a mobile data net-
work is of course bandwidth and latency. Bandwidth is becoming less and less im-
portant, but a protocol that introduces many round trip delays will be less useful than 
one that has few delays. Another drawback is that this architecture makes it very 
hard to expose the full power of the native visual user interfaces on each device: it 
almost invariably presupposes that each device runs a client that understands a “least 
common denominator” protocol and API. 

14.2.5 “Pudgy” Client (c) 

The final major family of multimodal architectures is described by dividing line (c), 
the so-called “Pudgy” Client. This is a slight variation on Thin Client, moving the 
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interaction manager from the server over to the mobile client. This makes it a bit 
fatter than Thin Client, hence the name. 

This approach is more optimal in terms of network usage (the interaction man-
ager has somewhat more work to do to drive the visual interface than the voice inter-
face, and hence should be located with it). It is more intuitive for developers, who 
tend to view the mobile client as the proper locus of control, just as it is for purely 
visual applications. The notion that voice is a sort of supplemental input method 
under control of the client software has proven to be especially appealing. 

We cover an implementation of Pudgy Client at length in Section 14.3. 

14.2.6 Discussion 

We have just described five main families of distributed architectures that support 
simultaneous multimodal interaction. 

The Fully Embedded architecture is well-suited for more powerful devices and 
applications that reside on the device itself. It has trouble running applications that 
require significant fetching of speech grammars from a network-based source, since 
these can take very significant amounts of bandwidth and time to download and 
compile. Embedded speech engines lead to various administration difficulties, and 
also make voice application testing more complex and problematic. Nevertheless, 
devices and networks are both gaining in power and speed, diminishing some of 
these difficulties. As device-based speech recognition becomes more transcription-
based (open vocabulary), the need for speech grammars will diminish. We therefore 
believe that this will be an effective architecture going forward. 

The four remaining approaches leverage network speech engines and do not 
share many of the above limitations. On the other hand, they cannot be used in a 
disconnected mode. Of the four, Distributed Processing Engines requires the client to 
exercise detailed low-level control and therefore requires more network message 
round trips, introducing delay. The Remote User Interface also requires a lot of net-
work traffic, and pushes off on the multimodal server a lot of user interface control 
logic, which means that the server has to support a single generic abstract visual user 
interface with least common denominator functionality, and that therefore the native 
user interface capabilities of each device cannot be fully leveraged. 

The Thin Client and Pudgy client architectures are both nice balances that mini-
mize network traffic and are easy to develop applications for. Of the two we have a 
moderate preference for Pudgy: it is more natural to have the interaction manage-
ment done close to the visual modality than the voice modality, as the client applica-
tion is the natural locus of control. 

14.3 The “Plus V” Distributed Multimodal Architecture 

Motorola began working on a distributed multimodal system connected to a standard 
VoiceXML server in the network in 2001. Our initial architecture was primarily Thin 
Client (d), with the interaction manager consisting of a few extensions to the 
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VoiceXML Form Interpretation Algorithm, so the voice dialog actually drove the 
visual dialog as a side effect. We quickly found this to be awkward and unnatural, as 
developers believed interaction management belonged in the client device. 

In early 2002 we tried another approach, where the interaction management was 
explicitly made a module in the client software. This was an implementation of 
Pudgy Client. A major motivating factor was a series of unpublished simulation 
studies we did to evaluate the architectural families. The goal was to determine 
bandwidth and latency costs of each approach on GPRS networks. We found that 
Pudgy Client was much better overall than the others we tested. Our subsequent 
implementations confirmed this: on the 2.5G GPRS and the 2G iDEN networks, our 
system takes between 0.8 and 2.0 seconds between the end of speech and the visual 
display of the recognition result, substantially faster than even today’s multimodal 
systems running on 3G data networks. This speed is due to Pudgy’s low messaging 
requirements, its terse binary message format, and the use of the DSR codec, which 
takes only 5.6 kbps of bandwidth, on the audio channel. 

In this approach, the client is fully in charge of the interaction. The networked 
VoiceXML server is under its control and merely adds the voice modality to the 
interaction, hence the architecture’s more formal name “Plus V”. A key advantage of 
Plus V is that it supports any visual user interface. We have created three instances: 
one that connects a Java J2ME MIDlet on the handset to the networked voice server 
(J+V), another that connects a C++ application using Qt user interface on Linux 
handsets to the voice server (Qt+V), and a third that connects a version of the Kon-
queror XHTML browser using the X+V multimodal markup language (Axelsson 
2004). Any visual interface can be supported: for instance the Torque 3D game en-
gine could be used in a “Torque+V”. This agnosticism to the graphical user interface 
is a strong advantage.  

 
Fig. 14.4. Plus V multimodal architecture. 

Figure 14.4 shows the Plus V multimodal architecture at the next level of detail. 
The voice server is a very slightly modified VoiceXML server. We started with the 
commercial SandCherry Voice Platform (see www.sandcherry.com) and dropped in 
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the commercial Motorola VoxGateway VoiceXML 2.0/2.1 interpreter (Ferrans 2003) 
and the Nuance OSR 3.0 speech recognizer, which supports the DSR codec. 

On the client we have the standard codec for audio output, a DSR front end to do 
the encoding of the audio, a native user interface, and one of the Plus V implementa-
tions as described above. 

In the OMA terminology, the visual user interface and the VoiceXML voice 
browser are the user agents, the speech engines are the voice modality’s processing 
engines, and the visual modality’s processing engines are elements of the graphical 
user interface software. The interaction manager is represented by the Plus V device-
side framework (the client application can do some interaction management).  

The client drives the voice server using the Distributed Multimodal Synchroniza-
tion Protocol (Engelsma and Cross 2007) over a reliable TCP/IP channel. The client 
tells the voice server which VoiceXML page to load and which VoiceXML dialog on 
that page to run. Once the dialog is running, if the user speaks to the system, the 
voice server uses DMSP to convey the recognition result back to the client. If the 
user types, the Plus V Framework sends the new field value to the voice server via 
DMSP, where it causes the VoiceXML dialog to advance. If the user scrolls through 
the visual form’s fields, the client also tells the voice server the new focus field. This 
level of coordination is necessary because each visual field may have a distinct audio 
prompt introducing it, and each field typically also has a speech grammar associated 
with it. Mixed initiative dialogs are also supported by this approach. DMSP is cur-
rently an IETF Draft, and for performance it seeks to minimize messages, message 
size, and round trips. The message format is a very condensed binary format, with an 
optional XML format for use when message size is not an issue. 

The efficiency of DMSP and of the DSR speech recognition codec makes Plus V 
the fastest distributed multimodal architecture we are aware of in terms of recogni-
tion response latency. As mentioned above the time between the raising of the push-
to-talk key and visual confirmation of the user’s speech runs between 0.8 and 2.0 
seconds on the 2G iDEN network, and 1.0 and 3.0 seconds on the 2.5G GPRS net-
work. These times are also at least as fast as the embedded speech approaches we are 
familiar with. 

The DMSP protocol has its client endpoint inside the Plus V Framework; its 
voice server endpoint is the DMSP Controller. The Controller in turn has some 
hooks inside the VoiceXML interpreter’s main loop: the Form Interpretation Algo-
rithm (FIA), which determines what field to prompt and collect at each iteration. The 
FIA just needs to stop and check for commands coming from the client, and if it is in 
its listen phase when control commands come in, it needs to break out of that speech 
recognition to see what to do next. It was not at all hard to make this modification: 
we estimate that the effort needed to multimodal-enable a VoiceXML interpreter is 
at most two or three percent of the effort needed to write that interpreter.  
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14.4 Other Distributed Multimodal Architectures 

Plus V is by no means the only way to architect a multimodal system. In this section 
we briefly sketch several other commercial distributed architectures. The goal is to 
show how varied the solutions are, not to exhaustively enumerate them. 

14.4.1 Video Interactive Services with VoiceXML 

In 2005 several people realized that VoiceXML could be adapted to video telephony 
quite easily. It already supported the playback of recorded audio, identified by URL 
and media type. It also already supported the recording of audio, of a given media 
type, and the posting of that audio to a web server. Why not plumb the voice plat-
form to carry mixed audio and video streams via SIP and RTP, link those streams to 
the mobile handset, and support the idea of video prompts and video recordings? 

This turned out to be relatively straightforward, and the only impact on 
VoiceXML itself was a desire to generalize the name of the “audio” prompt element. 

The resulting platforms support multimodal applications that combine voice and 
video modalities. A video answering machine application can play different video 
prompts based on the caller, and take video messages from callers. Support applica-
tions can now show videos of procedures and accept videos showing problems to 
support representatives. Many other interesting multimodal applications are enabled 
by this approach (Burke and McGlashan 2006). 

Because the modes used are voice and video, these systems do not fit neatly into 
our architectural families, but it is somewhat analogous to the Remote User Interface 
(e). The drawbacks of the Remote UI approach do not apply when using a video user 
interface instead of a graphical user interface: video playback is very standard and 
not highly interactive. 

14.4.2 Multimodal for Set-Top Boxes 

PromptU (www.promptu.com) began a few years ago as a company specializing in 
using voice to interact with the electronic program guide (EPG) displayed on televi-
sions via the cable operator’s set-top boxes. The EPG application runs on the head-
end equipment in the operator’s infrastructure, and is controlled by keys on the tele-
vision remote. 

In the PromptU system, the remote is augmented by a microphone and a push-to-
talk button. When the user speaks (“Find actress Penelope Cruz”), the audio from the 
remote goes to the set top box, where it is encoded by an Aurora DSR Front End 
(Pearce 2000) and sent up to a voice server located in the head-end. The voice server 
runs an application that maps the voice commands into actions on the EPG, and the 
output is sent back to the set-top box for display on the television. 

More recently, PromptU has been moving into the general mobile multimodal 
application space, supporting music download, ring tones, games, and so on. The 
PromptU architecture is in the Thin Client family. 
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14.4.3 Bare Minimum Mobile Voice Search 

Plus V was developed at a mobile handset company, where we had luxuries to do 
things that others cannot. We wrote DSR front end encoders for DSP chips, ensured 
that audio packets could be streamed using RTP, and even influenced the future 
MIDP 3.0 J2ME implementation. 

A company that wanted to get a multimodal application out to its customers on as 
many handsets as possible would have to start from a different point, deploying a 
system that made the least possible assumptions about those handsets, and then in-
fluencing the industry to add the sort of enablers that we put into Plus V. Let’s as-
sume this company is doing a mobile multimodal search application. 

By necessity, this company would choose a distributed architecture, since that 
offloads a huge amount of complexity and variability from the mobile devices. On 
the client they would probably select Java J2ME for its ubiquity. Their Java client 
application would present the visual interface, use the JSR 135 Mobile Media API to 
gather voice input, and use HTTP to post that audio up to the server. Along with the 
audio, the HTTP request would contain the location, from GPS or the carrier’s cell 
tower ID information. The request might contain a cookie identifying the user, and 
perhaps other contextual information. 

On the server receiving this request runs the server side of their application. This 
first would send the audio over to a speech server for recognition, a process that 
probably would take into account the user’s desired search location and radius. The 
speech server sends back the results, and the server-side search application feeds 
them to the existing web services API for the search service. At the same time the 
server-side application could interact with an ad server to get contextually relevant 
advertising to show the user. The server-side application then sends back the HTTP 
response with the search results, advertisements, and other response information. 

The architecture described is not highly optimized or general, but it can be im-
proved on handsets that support streamed audio, and if the application is successful, 
the industry will quickly try to add enablers to improve the user experience. 

14.4.4 A Transcription-Based Architecture 

Our last example architecture is from Mobeus, a startup just coming out of stealth 
mode in May 2007 (http://www.podtech.net/scobleshow/search/Mobeus). They have 
server side technology for doing speaker-independent transcription, which is ideal 
for mobile multimodal search applications, voice to SMS and email applications and 
so on. Their view of how this should be integrated with a visual user interface on the 
client is radically simple: provide a text entry widget connected to this transcription 
server, plus controls for speaking into it and editing the result to correct any errors or 
select from the “n-best” alternatives for each word. The results are very impressive, 
and while again it may not be the fastest or most general system (audio prompting is 
not addressed, eg), at this stage these sorts of approaches can unlock a lot of value. 
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14.5 Towards a Commercial Ecosystem 

The World-Wide Web Consortium (W3C) has been working in the area of multimo-
dal standards since early 2002. Progress has been slow mainly because of a lack of 
early proprietary implementations, but as we have seen above this is soon going to 
change. As the value of multimodal systems becomes apparent, there will be a re-
newed push to create interoperability standards to grow the industry. Where do 
things stand today? 

The W3C Voice Browser and Multimodal Interaction working groups 
(www.w3.org) are working on a future markup language. This will be philosophi-
cally similar to X+V (Axelsson 2004) in that a combination of XHTML and 
VoiceXML is called for. The framework that integrates the two markup languages 
will be a markup language called State Chart XML (SCXML) which is closely pat-
terned on David Harel’s State Chart formalism (Harel 1987). The challenge will be 
to create a language accessible enough to attract developers from ad hoc approaches. 

The W3C is also working to “modularize” VoiceXML into a subset appropriate 
for use in a multimodal system (for instance it makes no sense for the executed 
VoiceXML to do call control operations like disconnect in a multimodal configura-
tion). They are also revising VoiceXML’s stand-alone event model to allow control 
events to come in from external sources, a task necessary if VoiceXML interpreters 
need to be controlled by interaction managers. 

The IETF is to protocols what the W3C is to web markup languages. We have 
described at a very high level one such control protocol between the interaction man-
ager and user agents: DMSP (Engelsma 2007) which has been submitted to the IETF 
as an Internet Draft. The outcome of this submittal is not yet clear, but it will proba-
bly take the upcoming impetus of successful proprietary multimodal systems to push 
this forward. 

The 3GPP, an industry standards body focused on GSM standards, has approved 
the use of DSR for multimodal applications, and 3GPP2, the parallel organization for 
CDMA standards, is also considering it. DSR should offer continued incremental 
benefits even in a world of huge bandwidth. 

Other standards would be needed to mature this ecosystem. There needs to be a 
standard for how a control protocol like DMSP drives a VoiceXML interpreter, per-
haps a standard for authoring languages other than the W3C’s StateChart-based one 
(eg, for Java or C++ application authoring), standard APIs for integrating XHTML 
browsers on the mobile device, and so on. 

14.6 Conclusions 

Multimodal user interaction is very natural and is about to become a common part of 
our lives. Systems like our Plus V platform demonstrate conclusively that multimo-
dal technology is practical, fast, and efficient even on older mobile data networks. 
Speech recognition has advanced to the point where complex and commercially 
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important applications like mobile voice search, voice media search, and voice to 
SMS and email transcription can be implemented.  

Commercial interest from companies like Google, Microsoft, and Nuance is very 
high and focused in the area of multimodal local search. It seems inevitable that 
Google will merge their new 1.800.GOOG411 voice directory assistance application 
in with their visual Google Local Mobile. Microsoft paid $800m in early 2007 to 
acquire TellMe for their deep experience in voice directory assistance and driving 
directions. Nuance has acquired at least two companies with multimodal capabilities, 
Lobby7 and Mobile Voice Control, and acquired BeVocal for their application host-
ing capability. Japanese mobile operator KDDI deployed the EZ Navi Walk pedes-
trian navigation multimodal application (with DSR) in late 2006. Other players like 
Yahoo, PromptU, V-Enable, Kirusa, and VoiceBox are entering this arena. All of 
these are deploying distributed multimodal architectures. 

This wide range of proprietary architectures will inform standards efforts at the 
W3C and elsewhere. Multimodal interaction will remain a fruitful area of research, 
especially as other innovative modalities are developed. 
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