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Abstract
We describe how computer vision may be used in combination with an array microphone to improve speech recognition accuracy in the context of noise.  Speech recognition systems are notoriously susceptible to interfering noise, especially when it is unwanted speech.  A microphone array by itself can improve speech recognition accuracy significantly over a fixed microphone for computer users that cannot or prefer not to wear a headset.   The improvement is accomplished by steering a beam of sensitivity toward the loudest sound and using the directional sensitivity of the array to improve the signal-to-noise ratio of the source.  However, in a noisy environment, the loudest sound is not always the intended source, and unintended noise and speech will be picked up.  Even when the beam is focused on the user, loud background noise and conversations not directed toward the computer still corrupt speech recognition.   To overcome these problems we propose to use computer vision to help determine the location of the user, and infer whether he is talking to the computer.  This information can be used to focus the microphone array beam on the user, filter out background noise not coming from the user, and suppress conversations not intended for the computer. 
Keywords: Audiovisual fusion, stereo vision, microphone array, speech, HCI, human-computer interaction, interface.
Introduction
Just as speech is the preferred method of communication among people we believe that speech will be a preferable and even dominant modality for interaction with computer systems in the future.  However, information from senses other than hearing can help and complement the auditory component of speech in a variety of ways. For example, visual input can help with the inference of the state of the user, such as who the user is, whether he is happy or sad, what position the user’s mouth is in, what gestures the user might be making, or whether he is even present.  An awareness of such factors can enhance the power of speech.  Some of these factors, such as where the user is, and whether they are talking to the computer or to another person, can be particularly helpful in improving the accuracy of speech recognition itself in the context of noise.  

Automatic speech recognition can be inconvenient to use as a general-purpose user input modality because of its susceptibility to noise.   Speech recognition typically requires a close-talk microphone to reduce interfering noise as well as manual signals (for example, a “push-to-talk” button) to indicate that speech is intended to be recognized.   Alternately, microphone arrays have been used to relieve the inconvenience of a headset.  Microphone arrays provide direction-sensitive noise-suppression.  The microphone array beam direction (the area of focus) can be controlled in software.  In addition the microphone array can estimate the direction from which sounds are arriving.  Currently, microphone arrays try to keep the beam focused on the user by focusing on the loudest sound in the environment.  This works well when the interference is ambient noise and thus the user is generating the loudest sounds in the environment. However, when the interference is loud transient noise or speech, the microphone array tends to focus on the interfering sound.  Even when the microphone array is focused on the user, some interfering sound may leak into the speech recognizer, or the user may wish to momentarily speak with another person.  Thus the user still has to use a push-to-talk button to closely regulate when speech recognition occurs.  
Current User Scenario 

The user is using speech recognition for command & control or dictation.   Some noise occurs in the hallway, or a visitor stops by to talk.  Currently, an adept user could quickly turn off speech recognition before the external noise corrupted the speech recognition result, or before talking with a visitor, and turn it back on when the noise is gone.  

In this proposal, we address the question of whether these situations can be handled automatically using computer vision and hearing.

A related and more general problem for human-computer interaction is to determine what the user intends for the computer to do.  In addition to the question of whether the user intends for speech to be recognized, the computer needs to know if the user is present and if so, whether he is available for interaction with other users, whether he intends to use the computer, or whether he intends to lock the computer for privacy and security.  We also address this problem using audio-visual computer perception.

Proposed Solutions
We address three functionalities involving cameras and microphones to prevent contamination of the captured speech and detect user presence.  Visual focus uses vision to infer the user location, in order to focus the microphone array beam on the user and reject sounds from other locations.   Look-to-talk uses vision to infer the user’s head orientation, so that speech recognition is only performed while the user is facing the computer.  User Presence uses audio and video cues to infer whether the user is present, and if so to broadly classify their activities, in order to modulate instant messenger, and screen-saver status.   These three functionalities are described in more detail below.
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Figure 1 Our prototypes use a sensor platform consisting of a microphone array (top) from Microsoft Research (Ivan Tashev) attached to a stereo camera (below) from PointGray, sitting directly on a monitor.   Having the audio and video devices physically attached to each other means that the correspondence between the two never needs to be recalibrated.  Note that a final product may have a different number of cameras and/or microphones, depending on the functionality desired and the price point, but this configuration has worked well in our prototypes.

Visual Focus

The visual focus, functionality seeks to eliminate background noise by using vision to keep the microphone array beam focused on the user even in the presence of noise, and to reject sound that does not come from the user’s location.  Consider the following scenario:

Proposed User Scenario 


A speech recognition user is working on the computer, when some unwanted interference occurs in the area -- someone talking in the hallway for instance.  The user is automatically tracked using cameras, and the microphone array beam is focused on the user’s location, improving the signal-to-noise ratio of his speech.  Whenever the system detects sound coming from locations other than the user location, the speech recognition is suppressed.  Speech recognition resumes when the sound comes predominantly from the user’s location. 

Normally the microphone array beam dynamically focuses on the loudest sound in the area. This practice is unreliable because of unwanted acoustic interference.  Alternately, the microphone array beam may be statically focused straight ahead, which may miss the user when he shifts position.  Instead we use vision to keep the microphone array beam reliably focused in the direction of the user.   

In our prototype, a face detector (Lei Zhang & Rong Xiao at MSR Asia) finds the first frontal face and locks on to the user.  Motion tracking (Yong Rui & Cha Zhang at MSR Redmond) and depth tracking follow the user in real time, maintaining focus on his position to prevent other frontal faces from attaining focus.  In addition we track the prevailing direction of arrival of acoustic energy and inhibit speech recognition when this direction is inconsistent with that of the user.
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Figure 2 The input features used by out platform are illustrated here.  a) Motion sensing relies on a head-and-shoulders silhouette of difference images in video image.   b) Depth map, here derived from stereo.  The figure shows a three-dimensional projection of the image viewed from above.  Note how the user is well segmented from the background.  c) Face detection finds any frontal faces and determines their size; shown is a detected face region.  d) acoustic beamforming via the microphone array can sense the direction of incoming sound in the horizontal plane; shown is a polar plot, with the forward direction to the right, for a speaking user.  The green line indicates the energy as a function of direction, and the red lines indicate the most likely sound direction.

Look-to-talk

The look-to-talk functionality lets the user quickly turn speech recognition on and off by facing toward or away from the computer.  Consider the following scenario:

Proposed User Scenario: 

A speech recognition user is working on the computer, when someone arrives to talk.  We automatically track the user with a camera, and pause speech recognition whenever the user turns away from the camera to face the visitor.  At the end of the conversation, the user turns back to the computer, and speech recognition resumes.

In our prototype, a face detector (Lei Zhang & Rong Xiao) finds the first frontal face and begins tracking the user as in the visual focus scenario.  In addition the frontal face detector provides a signal indicating when the user is facing the camera.    When the face turns away to talk to someone, the system detects the lack of a frontal facial appearance at the current location of the user.  The system infers that the user intends to disengage speech recognition, and speech recognition is immediately paused.  The system continues to track the user using a combination of motion, color and depth cues.  Inherent in the tracking system is the ability to ignore any other people in the scene unless they severely encroach on the user’s space.  Speech recognition is resumed when the frontal face detector indicates that the user is facing the computer again.

User Presence 

Currently, in real-time communication and collaboration, it is important to determine the presence or absence of the user.  Many Windows programs, such as instant messengers (IMs) and screensavers, rely on this information to operate effectively. Unfortunately, the presence information is often not accurate. Consider the following two scenarios in an office.

Current User Scenarios:

1) The user has not locked the computer but he is away. Currently, an IM has to wait for, say, 15 minutes before it changes status to “offline” or “away”.  Likewise the screensaver will only lock the computer after a similar time period, leaving the computer insecure for some time.

2) The user has not used the computer recently but he is still in the office. Currently, an IM will display a status of “offline” or “away”, although he can still be reached in the office, and the screensaver may start up and lock the computer although the user may still wish to see the screen.  To work around this the user has to frequently touch the mouse or keyboard to prevent being locked out, or log in every time he wishes to see the computer screen.  

Instead we envision automatically determining when the user is available for IM, when the user may wish to access his computer, or when the computer needs to be locked. Of course, this can be overriden to allow the user to control their status manually. 

Proposed User Scenarios:

1) The user gets up from his desk and leaves the office.  As soon as the system determines that he has left, his IM status changes to indicate that he is not receiving chat requests.  The screensaver will also lock the computer at this point for the privacy and security of the user.

2) The user is in his office, but has not touched the computer in some time. The system observes his continued presence and maintains his IM status to indicate that he is available for a chat, and leaves his system unlocked and screen-saver off so that he need not log in to see information on his display.

We have developed a prototype for an enhanced presence detection using both audio and visual information. A standard webcam with a built-in microphone is used. From the video information, the system determines whether a person is moving, at rest, or out of the field-of-view. From the audio information, the system determines whether it is silence, speech, phone ringing, or unknown noise. Together, the system determines whether there is a person in the room; if there is, whether he is talking on the phone, or talking to other people (if no phone rings precede voice), or available.   

The prototype, especially the audio classification component, still needs more improvement before deployment. The presence information also needs to be integrated into the RTC system.  However, as a proof-of-concept, the system is promising.

Demonstration

In informal tests the system is capable of robustly responding to head turns and screening out unwanted interference.  For example the following test results show transcripts from the speech recognizer while the user says “Speech recognition is a difficult problem” in the context of relatively quiet interfering speech coming from 90 degrees to the side of the microphone.  In the first three conditions, the interfering speech continues throughout the user’s utterance, and in the fourth the background speech is interrupted while the user speaks.  We ran speech recognition on this data, for various settings of our system.  The following demonstration consists of exact transcripts from the first trial of the experiment.  

Condition 1: Baseline.  The microphone array controls its own beam direction.  

Result: “Let me know if my baby boomer for more harm than good for the good year for her friend who was needed by the way”

Condition 2: Visual focus.  Face tracking controls the beam direction, and sounds from other locations are suppressed.

Result: “The living speech recognition is it difficult problem for the”

Condition 3: Look to talk (in addition to visual focus).  The user looks away before and after the utterance, so the system suppresses the interfering speech while the user is not talking.

Result: “If recognition is it difficult problem for the”

Condition 4:  “Polite visitor” simulation with look-to-talk and visual focus.  Here the interfering speech is silent while the user is talking.  The user is looking away from the computer while the interfering speech is going on, as if conversing with a visitor, so none of the interfering speech enters the recognizer.  

Result: “Speech recognition is it difficult problem”

Condition 5:  “No noise”  In this condition, there is no interfering speech. 

Result: “Speech recognition is it difficult problem”

In condition 1, without the proposed technology, the result is incomprehensible, whereas in condition 4, using the proposed technology, the result is exactly the same as speech recognition without the interfering speech in condition 5.  The remaining word substitution error (“it” for “a”) may be controlled with better enunciation.

Further testing under controlled conditions is necessary to quantify the differences between conditions.  However, these results give a qualitative demonstration of the effect of using the system on speech recognition in noisy conditions.  

Other Application Scenarios
We can find many other scenarios that we can leverage a similar hardware platform and tracking technologies.  Below are a few that we are currently looking into:

1. Teleconferencing/ video-chat:   provide better sound and can deliver stereo while focusing camera on the user. 

2. Gesture interface: (i) “talk-to-the-hand” gesture would switch off speech recognition (and optionally mute speakers, etc.)  until switched back on manually or using another gesture. (ii) “let me talk” gesture would mute speakers in a Media-Center or X-Box scenario so the user can use speech rec. to choose a TV channel name or pick media files, (iii) Attention-sensitive speech input:  Depending on which window the user is focused on, speech input adapts to the application associated with that window. (iv) Hand and finger tracking for controlling things / tablet-like interface.

3. Power management of mobile computers: About half of the battery on a laptop is consumed on backlights of the screen. A user may only spend a fraction of the time looking at the screen while it is on. If we can turn off the screen if the user looks away, we may be able to save a significant amount, say 25%, of the battery. On the other hand, when the user is reading a long message, the screen should not be shut down automatically, like the current laptops do. We are investigating this area jointly with Windows Hardware Innovation Group.
4. Voice activated still camera:  say cheese and the camera focuses on the user, begins a countdown and takes a picture.

5. Surveillance:  Microphones detect events, correlate sound location with visual events, and log them.

6. Applications in Robotics:  User awareness and robust speech recognition are critical for robotics; we expand upon the possibilities in the next section.

Future Research Directions
Joint audio-visual processing is a very active research area. Although we believe we have tackled three important problems, we have only scratched the surface of this rich area. There is a lot of room to improve and many remain to be explored. 

a. Improve tracking:  Integrate and optimize our adaptive orientation-tracking research.  Better utilize depth information to quickly track the face between detections.  

b. Online adaptation: Integrate and optimize our adaptive face model and background model. This approach will enable the system to work better and better when it is used more and more by learning its working environment.   
c. Speaker identification: Use video face recognition combined with audio speaker identification to select speaker-dependent speech models (and other user settings) for use in scenarios where multiple users access the same computer without logging in, such as home computers. Each modality alone may be unreliable, but joint audio-visual recognition can be more accurate, especially when we use adaptation. 

d. Speech detection: Integrate visual features of the lips and face with audio features. The detection can be made user-specific through speaker identification and face recognition. 
e. Hardware enhancements:  Sensor hardware can also double as a co-processor; there is an opportunity to enhance performance by embedding front-end processing in hardware. 
Summary

The fusion of computer vision and speech is an emerging and exciting new interface for the PC, and a natural evolution of the computer interface. We have only showed a few prototype applications that audiovisual fusion improves computer interfaces.
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