Speech Technology Enters the Mainstream
Is Your Company Listening? 
Improved algorithms and the appearance of exciting new applications like voice portals and Web messaging have speech technology poised to become a mass-market phenomenon. Voice portals provide access to Internet-based information over the telephone using voice commands while Web messaging is a new breed of unified messaging that integrates Web access with more traditional technologies like voice mail, email, and fax. Add to the mix the appearance of interactive voice response (IVR) interfaces for Web-integrated enterprises and you have all the elements for explosive growth. In short, speech technology has the potential to become the next key interface for personal computers, telephones, and other electronic devices. 

Where are the Opportunities? 
Voice portals represent the greatest opportunity for applications developers who have experience with speech technologies. Frost & Sullivan* estimate a 54% growth rate for this market segment over the next six years**. Public network providers, local exchange carriers (LECs), competitive local exchange carriers (CLECs), and Internet service providers (ISPs) seeking to differentiate their offerings are all likely to enter this arena in their quest to provide profitable enhanced services. 

Unified messaging applications developed as enterprises realized the benefits of cross-platform messaging including voice, email, and fax. Web messaging represents a natural progression in functionality. Dot-com entrepreneurs have introduced an added level of integration by using speech technologies to provide access to their Web servers and distributed databases. This evolution has moved speech technologies squarely into the public sector where demand is already building. Mobile phone users are sure to appreciate the advantage that speech recognition offers over touch tone entry. As cellular phones decrease in size this advantage will become even more apparent. 

Continuous Speech Processing - Getting the Message Loud and Clear 
The answer for enhanced speech technology platforms is called Continuous Speech Processing (CSP). CSP along with Intel® Dialogic® boards lets you develop and deploy speech-enabled telephony applications that leverage new technology and provide enhanced performance by delivering voice commands with the highest accuracy and best performance. 

CSP delivers five major benefits to the developer: 

· Cost Savings - Lower-cost platforms to drive the system. 

· Performance - Reduced system latency for improved response time. 

· Accuracy - Higher recognition accuracy. 

· Scalability - Growth from small- to large-scale systems. 

· Density - Economical port density on each board. 

We'll talk more about these benefits later. Let's look first at the key enabling technologies behind CSP. 

Under the Hood 
CSP is built using existing speech technology enhanced with new algorithms. A chief component is barge-in, which allows a user to interrupt speech prompts by speaking over them. A speech recognizer is able to understand what is spoken during the interruption. In many telephony environments the incoming signal is a mixture of the user's speech, echoes from the prompts, and ambient line noise. Considering the number of variables involved including the type and quality of telephone line and language of the speaker, the development of barge-in presents a formidable technological challenge. In order for it to work, the system must first model the echo characteristics of the telephony environment and then subtract the echo of the outgoing prompt from the incoming signal. Using CSP, this CPU-intensive function is off-loaded from the host system CPU to a board-based DSP that effectively manages the speech detection. CSP is designed to optimize the performance of host-based speech resources like large-vocabulary automated speech recognition (ASR) engines, which reside on the host computer. CSP makes this possible by streaming preprocessed voice data between the telephony boards (analog, T-1/E-1, etc.) and the host computer's processor. 

CSP functionality has several key features that are critical in the applications and markets sectors we have been discussing. 

· Echo Cancellation (EC) - Used by speech recognition, Internet telephony, and DTMF/tone detection technologies to eliminate traces of an outgoing prompt from the incoming signal. 

· Full-Duplex Operation - The application is able to send and receive voice data simultaneously for every telephony port. 

· Voice Activity Detector (VAD) - Detects when voice energy is present. 

· Barge-In - When voice energy is detected on a given channel, CSP can be programmed to automatically terminate prompts on that channel. This improves recognition accuracy by quickly terminating the prompt and acknowledging the caller's input. Without rapid prompt termination, callers may stutter or speak unclearly, decreasing recognition performance. 

· Voice Event Signaling - When voice energy is detected, CSP can be programmed to send a signal - without stopping the prompt playback - to the host processor to allow the ASR engine to terminate the prompt after further qualification. 

· Pre-Speech Buffer - Incoming voice data is stored in a 250 millisecond buffer. When voice energy is detected, the portion of the "utterance" stored in the buffer is forwarded to the ASR resource for processing. Such "pre-speech" contains critical information required for high recognition accuracy. 

· Unified Application Programming Interface (API) - In order to preserve system scalability, the application program interface must be the same regardless of the underlying hardware density. 

The CSP Advantage 
If we compare the call flow in a system using CSP to one without it, the advantage is clear. In systems without CSP, the host receives data from the DSP continuously, on all active ports. This places heavy demands on the CPU and host, which retards performance. When the DSP constantly streams voice packets to the CPU, input can claim 90 to 100% of CPU processing power. Further, the DSP has no way to filter out unnecessary (i.e., non-speech) data from being processed by the host CPU, further degrading performance. As a result, high-performance platforms must be installed to compensate for the increased CPU and host load. 

When a caller interacts with a CSP-based speech platform, voice prompts are played during the session. The caller can speak over the prompts, interjecting commands at any time. This speeds navigation through the voice menu and lets the caller get on to the task at hand. The system is equally efficient behind the scenes. The platform only requires host-system speech processing during speech input, typically about 10 to 15% of the time for many applications. CSP uses this advantage to save host-processing power by employing the VAD on the DSP to stream data to the host only when speech is present. With CSP, the on-board DSP speech detection modules do the work. 


The Pre-Speech Buffer Illustrated
The barge-in capability is enabled by the on-board pre-speech buffer and the VAD, freeing the host processor from the overhead associated with continuous data processing common to less sophisticated systems. The host system is only affected when an event occurs, such as speech detection. There are other benefits. Reducing the load allows systems to be scaled to hundreds of ports since the host CPU is no longer encumbered by unnecessary data. In addition, the pre-speech buffer provides application developers with increased reliability and accuracy. 

Speech-enabled systems with barge-in capability transfer echo-cancelled data from the voice board to the host ASR engine in small packets (less than 100 MS). This means that detection and acknowledgement of the caller's speech takes less time, translating into greater recognition accuracy. Callers find the system more user-friendly because it stops playing a prompt as soon as they speak. 

The choice is clear: Equipping speech detection system with a pre-speech buffer on the voice board, rather than performing all speech detection on the host, is essential for today's scalable, high-density systems. 

Recognizing the Benefits 

The success of the Internet and the continued growth of e-commerce have created new opportunities for speech technology as well as new requirements that can only be addressed by the comprehensive speech platform architecture like CSP. But beyond architectural concerns, CSP provides critical benefits that application developers can use to deliver new functionality to the marketplace. 

Accuracy 
The accuracy enhancing features of CSP such as barge-in, a pre-speech buffer, and echo cancellation produce satisfied users who don't have to suffer the frustrations often associated with speech technology. The effects of background noise, static, and poor line quality are reduced or eliminated through the use of a configurable ambient noise threshold. This allows the platform to be adjusted for virtually any telephony environment, providing developers with ready entry into a variety of markets. 

Density/Scalability 
CSP provides port densities from 4 to 120 channels per board because many of the key components needed for speech recognition are supported as on-board functions, freeing the host CPU from the overhead of continually streaming data. When multiple high-density board components reside in a single chassis, speech enabled platforms can scale readily to hundreds of ports per system. 

Savings 
CSP saves money by reducing the costs associated with implementation and operation. Because voice portals and Web messaging applications are frequently located at shared hosting sites, space considerations are important. Higher density systems can be configured to run on a single, compact computer chassis, minimizing the space required for the system. 

In addition, the board-level components eliminate the need for higher-cost platforms. Less expensive processors can be used to achieve acceptable performance. In terms of operating costs, features like barge-in, echo cancellation, and the pre-speech buffer all help to shorten call duration, which increases the number of calls that can be handled. 

The applications provider also realizes savings. Access to the speech-enabled applications is often via a toll-free number. Since call duration is shortened, phone charges are reduced. 

The most important cost benefit is improved customer service. Acquiring new customers is expensive. With the improved accuracy and ease of navigation provided by CSP, you can retain the customers you have and focus your time and energy on finding new ways to deliver more profitable services to acquire new ones. 

Increased Performance 
CSP offers new levels of performance not available with other telephony platforms. Barge-in is a critical element of the user interface in any voice-driven system. By enabling the user to pace the "conversation" with the computer, the user has a more pleasurable experience. Without barge-in, callers become impatient and feel they are being controlled by the system. The accuracy of barge-in is also critical. Under-powered systems will tend to barge-in as a result of background noise, or other non-speech events. Callers will find themselves waiting for prompts or options that have been aborted by the false barge-in event. More advanced systems use sophisticated speech detectors to guard against unintended input before terminating the prompt. In systems that perform this kind of advanced processing without hardware assistance, much of the host processing power is required for this "front end" processing. This limits the achievable system density and/or performance. 

CSP makes life easier for the caller. The combination of an on-board speech detector and a pre-speech buffer allows the board-level components to gate the data stream provided to the host CPU. Only speech utterances are detected and captured. As a result, the load on the CPU is lower and speech events are captured more accurately and passed along to the recognizer. The end result is better recognition accuracy leading to satisfied customers. 

Will Your Voice Be Heard? 
If you are in the business of providing leading-edge speech processing applications, you should be looking at Continuous Speech Processing platforms.. CSP provides the best support in the industry for the next wave of speech applications like voice portals and Web messaging. Take advantage of this exciting and profitable innovation today by contacting your local sales representative at 1-800-755-4444 (US) 

**Frost and Sullivan, "Speech Recognition," April, 2000, p. 31.
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